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Technical Field

[0001] The present invention relates to a speech encoding device, a
speech decoding device, a speech encoding method, a speech decoding
method, a speech encoding program, and a speech decodiﬁg program.
Background Art

[0002] Speech and audio coding techniques for compressing the amount
of data of signals into a few tenths by removing mmformation not
required for hurnan perception by using psychoacoustics are extremely
important in transmitting and storing signals. Examples of widely
used perceptual audio coding techniques include "MPEG4 AAC"
standardized by "ISO/IEC MPEG".

[0003] A bandwidth extension technique for generating high frequency
components by using low frequency components of speech has been
widely used in recent years as a method for improving the performance
of speech encoding and obtaining a high speech quality at a low bit rate.
Typical examples of the bandwidth extension technique include SBR
(Spectral Band Replication) technique used in "MPEG4 AAC". In
SBR, a high frequency component is generated by converting a signal
into a spectral region by using a QMTI (Quadrature Mirror Filter)
filterbank and copying spectral coefficients from a low frequency band
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15 inportant in transmtting and storing signals. Exanples of w dely used
perceptual audi o .coding techniques include "MPEGA AAC' standardi zed by

"I SO I EC MPEG'. [0003] A bandw dt h extension techni que for generating high
frequency conponents by using | ow frequency conponents of speech has been
20 widely used in recent years as a nethod for inproving the perfornmance of
speech encodi ng and obtaining a high speech quality at a low bit rate

Typi cal exanpl es of the bandw dth extension techni que include SBR (Spectral
Band Replication). techni que used jn "MPEGA C'. In SBR ,a high frequency
conponent is f§ RAURHCY rwﬁgea@t% e?ﬁ??fg’ﬁnﬁd§t%@ﬂf%dﬂ@gi on by
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effective in reducing the bit rate” of speech encoding. I'n” the
bandwi dt h extgngll amdies il sippldrheithsy infoamarion, toredfedirpri@s@dueithgdy SBR

t he spectral envel ope and tonality of the spectral
: the bit rate of speech encoding.
[0004] In the bandwidth extension technique in the frequency domain
represented by SBR, the spectral envelope and tonality of the spectral
10 coefficients represented in the frequency domain are adjusted, by
adjusting a gain for the spectral coefficients, performing linear
prediction inverse filtering in a temporal direction, and superimposing
noise on the spectral coefficient. As a result of this adjustment
process, upon encoding a signal having a large variation in temporal
15 envelope such as a speech signal, hand-clapping, or castanets, a
reverberation noise called a pre-echo or a post-echo may be perceived in
the decoded signal. This problem is caused because the temporal
envelope of the high frequency component is transformed during the
adjustment process, and in many cases, the temporal envelope is
20 smoother after the adjustment process than before the adjustment
process. The temporal envelope of the high frequency component
after the adjustment process does not match with the temporal envelope
of the high frequency component of an original signal before being
encoded, thereby causing the pre-echo and post-echo.
25 [0005] A problem similar to that of the pre-echo and post-echo also

occurs in multi-channel audio coding using a parametric process



10 coefficients represented in the frequency domain are adjusted, by
adjusting a gain for the spectral coefficients, performng |inear
prediction inverse filtering in a tenporal direction, and superi nposing

noi se on the spectral coefficient. As a result of this adjustment process,
upon encoding a signal having a large variation in tenporal 15 envel ope
such as a speech signal, hand-cl apping, or castanets, a reverberation noise
called a pre-echo or a post-echo may be perceived in the decoded signal.
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Paranetric Stereo. A decoder ‘used I -channel audi o codi ng~i ncl udes

means for per §edilarneo dbaeprafekiad ifpe-cehoaagécpegctchognafolusions for the
reverberation filter. However, the tenporal envel ope of the signal is

transformed dproblemtinelude 2€B8r(fTehgioralnEntdlepeShapmgitachrdgoe éPatenon of a
reproduction signal simlar to that of the pre-echo and post-echo.

Sol utions f orLiteeatyreob).endn ot JdES dcaiESqUFeapbnedr Eredettogre ashkysiniy
technique (Patent Literature 1). In the TES technique, a l|inear_prediction
anal ysi s is pperformed inm Feguerfyefgciion ot 2 e raprssomigd nep@¥hted in a
QW 10 donmain on whi ch decaqnel ati on has not yet been perfornmed tp obtain
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perforned. Bepaufsfinkfle THKGirooeksWHll6Ws dBROMEY aktidiighestonektriet teen
performed has a | ess distorted tenporal envel ope, the tenporal 20 envel ope

of the5signal tgnpuval ehveleperafed signah ohashivhededqoerd atioretlas slan}' ubt&d to a
| ess distorted shape, thereby obtaining a reproduction signal in which the
pre-echo and pedbrmetoand innpeaprdanceCintitlt ithm ekirartedatanporl teaveatopes
25[ 0006] Patent_ Literature 1: Unjted States Patent Application Publication
adjust the temporal envelope of the signal on which decorrelation has
been performed. Because the signal on which decorrelation has not yet
been performed has a less distorted temporal envelope, the temporal
20 envelope of the signal on which decorrelation has been performed is
adjusted to a less distorted shape, thereby obtaining a reproduction
signal in which the pre-echo and post-echo is improved.
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No. 2006/0239473 Summary of |nvention Technical Problem[0007] The TES
techni que descri bed above is a technique utilizing the fact that a signal
on which decorrel ation has not yet been performed has 5 a | ess distorted
temporal envel ope. However, in an SBR decoder, the high frequency conponent
of a signal is copied fromthe | ow frequency conponent of the signal
Accordingly, it is not possible to obtain a | ess distorted tenporal

envel ope with respect to the high frequency conponent. One of the solutions
for this problemis a nmethod of 10 analyzing the high frequency conponent
of an input sPygnuhaiyoffn®BRi®mncoder, quantizing the |linear prediction
coefficients obtained as a result of the analysis, and nultiplexing them
into a bit stdeehrisabBrebléMnitted. This nethod allows the SBR decoder to
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is inténded to reduc rrence pre-echc and post 0 an 20

| mprove the SHRIERbGRIhbhd dhiesigRATELpRDNRM t [hPHeqht @y 11 cantly

i ncreasing the ate’in t sion technique i'n the

frequency donghmpbaeitasahbathiay. SBRcoRiheli @rls het Boablem obtaihQORE A
speech encodi ng device of the present invéntion is a speech 25encodi ng

device for endpthmgl atenpgreeh aiwghepe awithi medpedt ngp  ther dighc giqueneeans f or
encodi ng a | ow frequency conponent of the speech
component. One of the solutions for this problem is a method of
10 analyzing the high frequency component of an input signal in an SBR
encoder, quantizing the linéar prediction coefficients obtained as a result
of the analysis, and multiplexing them into a bit stream to be
transmitted. This method allows the SBR decoder to obtain linear
prediction coefficients including information with less distorted
15 temporal envelope of the high frequency component. However, in this
case, a large amount of information is required to transmit the quantized
linear prediction coefficients, thereby significantly increasing the bit
rate of the whole encoded bit stream. Thus, the present invention is
intended to reduce the occurrence of pre-echo and post-echo and
20 improve the subjective quality of the decoded signal, without
significantly increasing the bit rate in the bandwidth extension
technique in the frequency domain represented by SBR.
Solution to Problem
[0008] A speech encoding device of the present invention is a speech

25 encoding device for encoding a speech signal and including: core

encoding means for encoding a low frequency component of the speech



signal; tenporal envel ope suppl enentary information cal cul ati ng means for
cal cul ati ng tenporal envel ope supplenentary information to obtain an
approxi mati on of a tenporal envel ope of a high frequency conponent of the
speech signal by using a tenporal envel ope of the low 5 frequency
conponent of the speech signal; and bit stream nultipl exi ng means for
generating a bit streamin which at |east the | ow frequency conponent
encoded by the core encodi ng nmeans and the tenporal envel ope suppl enentary

cal oul at | ng MUY FrEPHE] BT ERGAUDPIETFGBOSTTFALNE SHERERDEAFING devi ce
or of or abl v 1 opF SATHRSE fepaial SRVRRF PP IS SN REREU0F 1 GHAR on i 0
i n-a predet et rtP RIS o 87 S SHET BT OF B Platt BrdBSER, °, Do
T ansf or m necey Bl L O Ry R e Al o e T, “domsi .

and the tenpog unﬁi&‘f‘d AR RIFSAB Rp&ECh &i Qr;rmimsﬁeéﬁ%atﬂsmgx ans
cal cul ate the tenpofal envel ope supplenmentary i nformati on based on high

frequency |ingasns &6 pemdhtig anbit eakhChemisclh bl ddaedhdYowefiéQidicyy | i near
predi ction analysis in a frequency direction on coefficients in high

frequenci es doforhpenaneemtodedgbanl thier amsf enoedingnireanbearfd ¢he gamypoddmai n by
t he frequency transform neans. - [0011] In the speech encodi ng device of
t he present ienvehopeonsupiemestasyponfermetionl cpkcwdaiedl diyenther yteinpoozlnat i on
cal cul ating neans preferably perfornms |inear prediction analysis in a
frequency di reveleps sunplemeniary infoanation criswstimgmenns at wiltimexetheech

reane 0o obt AOROP bR TiEqBemmel) PR (HBEre (0o o FEPFFE BHERIOmre.
cal cul ates the tenporal .envel ope suppl ement ary infornmatjon based on the | ow
Frequency | i nEmPaRT eavelops r PhEetRan PHRL Ao b RIgACh? BRIERs A near
prediction Coﬁgrfaﬂlféit&nﬁlﬁicaﬁng a sharpness of variation in the temporal envelope
of the high frequency component of the speech signal in a
predetermined analysis interval.
15 [0010] 1t is preferable that the speech encoding device of the present
invention further includes frequency transform means for transforming
the speech signal into a frequency domain, and the temporal envelope
supplementary information calculating means calculate the temporal
envelope supplementary information based on high frequency linear
20 prediction coefficients obtained by performing linear prediction analysis
in a frequency direction on coefficients in high frequencies of the
speech signal transformed into the frequency domain by the frequency
transform means.
[0011] In the speech encoding device of the present invention, the

25 temporal envelope supplementary information -calculating means

preferably performs linear prediction analysis in a frequency direction



[0012] In the speech encoding device of the present invention, the tenporal
envel ope supplenentary information cal cul ati ng neans preferably obtains a
predi ction gain fromeach of the | ow frequency 10l i near prediction
coefficients and the high frequency |inear prediction coefficients, and

cal cul ates the tenporal envel ope supplenentary information based on
magni t udes of the two prediction gains. [0013] In the speech encodi ng

devi ce of the present invention, the tenporal envel ope suppl enentary

i nformation cal cul ating nmeans _15 preferably separates the high_ frequency
conponent fr om & keeHpertindpyniequensies ofsthespgerknpiganl wrasfermad éntoat i on
represented i time dopain fromthe high frequency conponent, and

cal cul ates t Hé®t gy cﬁwndm{p&; EHBWEW%Wﬁ oBE3% 0w

magni tude of tenporal..variatipn.of the.t.enporal, enve e jnformati.on
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tenporal envel 0 suppl ry .1 afor ion.:pr-ef grabl y-qi -udes . Coe
differentialf?ﬁ%ﬁﬂﬁh@ﬁ%ﬁgﬁgbéﬁﬁ€%ﬁ%&ﬁ%ﬁﬁﬂgﬁe$f%h eﬁgyypkﬁgégggﬁga%%tion
coeffigients 4.ng LERVENY thin p%&%hﬁh& ny; f L RS, obtai ned
by per ornindgﬁﬁﬁ@g@'ﬁggﬁﬁé%ﬁ%n anaf%%igﬁé% a engng§8%£ I%gctlgh on the

| ow frequencyc(fegﬂggﬁ%nt of the speech signal. [0015] It is preferable that
t he speech encodi ng device of the present invention further includes

frequency trq}v?@ﬂg]hnm@ngpé&h eRCBENE | B ibd e s IR phesting rakentidry) thef r equency
domai n, and the tenporal ‘envel ope supplenmentary information cal cul ating

means per f or niehipoeak emedope | supplealensiry | infaniategquecalyguldtingctmemseach of
the | ow frequency
preferably obtains a prediction gain from each of the low frequency

10 linear prediction coefficients and the high frequency linear prediction
coefficients, and calculates the temporal envelope supplementary
information based on magnitudes of the two prediction gains.

[0013] In the speech encoding device of the present invention, the
temporal envelope supplementary information -calculating means

15 preferably separates the high frequency component from the speech
signal, obtains temporal envelope information represented in a time
domain from the high frequency component, and calculates the temporal
envelope supplementary information based on magnitude of temporal
variation of the temporal envelope information.

20 [0014] In the speech encoding device of the present invention, the
temporal envelope supplementary information preferably includes
differential information for obtaining high frequency linear prediction
coefficients by using low frequency linear prediction coefficients
obtained by performing linear prediction analysis in a frequency

25 direction on the low frequency component of the speech signal.

[0015] 1t is preferable that the speech encoding device of the present



5 conmponent and the high frequency conponent of the speech signal
transforned into the frequency domain by the frequency transform neans to
obtain | ow frequency |inear prediction coefficients and hi gh frequency

| i near prediction coefficients, and obtain the differential information by
obtaining a difference between the | ow frequency linear 10 prediction
coefficients and the high frequency linear prediction coefficients. [0016]
In the speech encodi ng device of the present invention, the differential
informati on preferably represents a difference between |inear_prediction
coef fici ents inweriion &atherdngludesdicquency spnglormencans orgeayerting their), 1 SP
(I'mmttance Spectrum Pair), LSF (Linear, Spectrum Frequency), IS
(Immittance Speeeh Lﬁﬁgﬁﬁe%@n%y&?QWYPﬂR@@%lsc%éfﬁh@i EHPO @PYF{:QQE’SpeeCh
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means to obtal frequency | predi ction coefficiénts; prediction

coefficient deehfi®ts dbtdlBABSN ﬁ@gueﬁ@ﬁ ikt peeditgomicobfidiesyeneyhighnear
predi ction coefficients obtained by the Iinear prediction analysis neans in

a tenporal difregidmey, hpeadigtdietionoedéffriarns, qudnvbrimgheeditfertotial

guanti zing the high frequency linear prediction coefficients deci mated by

t he predi cti omfooedtiérc by rbtaifingee idnerenne metwieen thedlaw frequereynlinedt i pl exi ng
means for generating a bit streamjn which at |east the | ow frequency '
conpodént encoedirtion tsnsiisieatseransti the rhighs fiaguense hng# fp K8y |inear

predi ction coeffj.cjents quantized by the prediction coefficient quantizing
means are nul €95 EIERES-

[0016] In the speech encoding device of the present invention, the
differential information preferably represents a difference between
linear prediction coefficients in at least any domain of LSP (Linear
15 Spectrum Pair), ISP (Immittance Spectrum Pair), LSF (Linear Spectrum
Frequency), ISF (Ilmmittance Spectrum Frequency), and PARCOR
coefficient.
[0017] A speech encoding device of the present invention is a speech
encoding device for encoding a speech signal and including: core
20 encoding means for encoding a low frequency component of the speech
signal; frequency transform means for transforming the speech signal to
a frequency domain; linear prediction analysis means for performing
linear prédiction analysis in a frequency direction on coefficients in high
frequencies of the speech signal transformed into the frequency domain
25 by the frequency transform means to obtain high frequency linear

prediction coefficients; prediction coefficient decimation means for



10[ 0018] A speech decodi ng device of the present invention is a speech
decodi ng device for decodi ng an encoded speech signal and including: bit
stream separating nmeans for separating a bit streamreceived from outside
t he speech decodi ng device that includes the encoded speech signal into an
encoded bit stream and tenporal envel ope supplenentary 15 information;
core decodi ng neans for decoding the encoded bit stream separated by the
bit stream separating neans to obtain a | ow frequency conponent; frequency
transform nmeans for transformng the | ow frequency conponent obtained by
the core decoticiyatipgtke highafreqeaneyineas predigtionicgaificierisahtaingdber at i ng
means for generating a _20Q high frequency conponent by copying. the | ow
frequency cortpngear Prediston saalyisH Bieans 11 @e@ﬁ&?ﬂﬁf éB’ﬁ%{fﬂWQtﬂeg’fﬁ'@c’Pr equency

transf orm neans .fr.om | ow f.r.equenc ands t0 .hi frequency bands; |ow
frequency | erfpSTaFeBhBFuEn e dobrkardere LEfCEPaleny it ow
frequency conponent. tr ed i;nt.o- freq CV..

25f requency [ﬁgﬁ]scﬁgpm %geiﬁgfeggs ngzélﬁgtt?@m?gr aﬁené’é&ﬁ%@ﬁlngﬁfﬁgﬁ?gn;
tenporal enve ol i i ng } L wel_ope

i nfor _rrgti on obt al ﬁgghg@é?%}é aﬁg\?\[ﬁfrség%rgﬁ%yﬁ é%ﬁaﬁ%gim%@eéﬁfﬁ% S neans
by using the gieapeidl irf ?étPB?lédéPﬂh@[@ﬁ@é%én@&%dﬁ%b&ht @@adﬁ& ral
envel ope shapi ng nmeans for shaping a tenporal ehvelope of the hig
frequency congenesie efostinbeshedis 4Rl fhgtighefequency Jirgenepatidignmeans by
using the tenporal envelopé information adjusted by the tenporal envel ope
adj usti ng neagseffi¢iROiOfuantized byrtht pradicion batfiidientspeatibirgesednngredevi ce of
the present invention further include high frequency adjusting neans for
adj usti ng t hemmbltiglexedquency conponent, and the frequency transform means
may 10 be a 64-division QVF filterbank with a real or conplex coefficient,

and t B8 frequiddy] i spescdy fecnding devine of the PresgubmRNENgOneSaa SPeEMeans, and

t he high frequency adj usti means operate, based on.a Spectral Band
Repl i cat i on (GRS AHEE flﬁ%@@@%ﬁéﬁhﬁ@%&@%ﬁ?@& 4873 @@du@_el 96- 3" .
15[0020] In the Speecl. decodh edlR ks Sehrdfil RP Sbab e el Frokt S

outside the speech decoding device that mcludes the encoded speech
signal into an encoded bit stream and temporal envelope supplementary
15 information; core decoding means for decoding the encoded bit stream
separated by the bit stream separating means to obtain a low frequency
component; frequency transform means for transforming the low
frequency component obtained by the core decoding means to a
frequency domain; high frequency generating means for generating a
20 high frequency component by copying the low frequency component
transformed into the frequency domain by the frequency transform
means from low frequency bands to high frequency bands; low
frequency temporal envelope calculation means for calculating the low
frequency component transformed into the frequency domain by the
25 frequency transform means to obtain temporal envelope information;

temporal envelope adjusting means for adjusting the temporal envelope



preferable that the | ow frequency tenporal envel ope anal ysis nmeans perform
| inear prediction analysis in a frequency direction on the | ow frequency
conponent transfornmed into the frequency domain by the frequency transform
means to obtain |low frequency linear prediction 20 coefficients, the
tenporal envel ope adjusting neans nmay adjust the | ow frequency |inear

predi ction coefficients by using the tenporal envel ope suppl enentary

i nformation, and the tenporal envel ope shapi ng neans nay performlinear
prediction filtering in a frequency direction on the high frequency
conponent i n infarrfatiquebteinedobmitie i;:enafmllmcmtemrﬂ&m@&opa enlysisy
generating nmeans, by using linear prediction coefficients adjusted by the
tenporal envéhets byjusing the teemesal envalepgsupplemeptary|infamaiiospandt a
speech signal. [0021] In the speech decqding device of the present

i nvention, i teRPo eAroiclonc Shng TRESF o | @ytePH?ﬁiéfﬁpg%lﬁP%Ifgpe

obianing iRt OF QR ISRERATRT B e oY BauBHE CoRb.
tempor 81 enveog i B BV AL T Bpolh et B R B AR et on
by using the W@q@ﬁﬁo?avﬁ@%ﬁﬁﬁétﬁg%%g i nformation, and the tenporal

envel ope shapi’ng neans super sted 10 tenporal envel ope

i nformation 01 VP INiOprdfEABUe Reat B BENtdekBdingedévies WG Hles@ith
gener at ed byqt(’hegﬁi g%\ ?lr eq%ency geneﬁftéi ng rreanlslgteo slhape a t%ﬁpor al

envel ope of dnkistion feahaneyhalnhighefrtqudiy2adiusting htcasivefoe Adilasiag ng
device of the present invention, it is preferable that the | ow frequency

t enpor al envehe gl fisquency cempsneiit anttthe fretjeepoy Thnsfovel mpans nfagr mat i on

of a speech signal by obtaining power of each QW subband sanple of the |ow
frequéfcy corpoaédtdivision térheok tigh AnreguemeymplsxetaefBgienh entdr equency
transf orm neans, the tenporal envel ope ag{jUSti ng nmeans adj ust the tenporal

envel ope i nf dhAEREGIENSY WEIAQITE HECRRS3BE dligh ATaIUspeY AepsTalingnmeays,
and the high frequency adjusting means operate based on a Spectral

Band Replication (SBR) decoder for "MPEG4 AAC" defined in
"ISOMEC 14496-3".

15 [0020] In the speech decoding device of the present invention, it is
preferable that the low frequency temporal envelope analysis means
perform linear prediction analysis in a frequency direction on the low
frequency component transformed into the frequency domain by the
frequency transform means to obtain low frequency linear prediction

20 coefficients, the temporal envelope adjusting means may adjust the low
frequency linear prediction coefficients by using the temporal envelope
supplementary information, and the temporal envelope shaping means
may perform linear prediction filtering in a frequency direction on the
high frequency component in the frequency domain generated by the

25 high frequency generating means, by using linear prediction coefficients

adjusted by the temporal envelope adjusting means, to shape a temporal
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rmation, and the tenporal envel ope shapi ng nmeans shape

a tenporal

envel ope of a high frequency conponent by nultiplying the high frequency

nt in the frequency donmai n generated by the high frequency

i ng means by the adjusted tenporal envel ope information. 25[0023] In
t he speech decodi ng device of the present invention, the tenporal envel ope

conpone
gener at

suppl enentary information preferably represents a
parameter used for adjusting strength of

[ 0024]

envel ope suppd

i ndi cat

In the speech decodi ng_device of the present invention,

filter strength
| i near prediction coefficients.

t he tenporal

eaplya spdeshsignaln preferably represents a Sparaneter

I ng magni.itude of tenporal variation of fhe tenporal envel ope
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the tenporal enyel ope suppl ementary information relf erably i.ncl udes
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Mhto URE frbh &Ry WBEHAUBY the frequency transform means, the
temporal envelope adjusting means adjust the temporal envelope
information by using the temporal envelope supplementary information,
and the temporal envelope shaping means superimpose the adjusted
temporal envelope information on the high frequency component in the
frequency domain generated by the high frequency generating means to
shape a temporal envelope of a high frequency component.

[0022] In the speech decoding device of the present invention, it is
preferable that the low frequency temporal envelope analysis means
obtain temporal envelope information of a speech signal by obtaining
power of each QMF subband sample of the low frequency component
transformed into the frequency domain by the frequency transform
means, the temporal envelope adjusting means adjust the temporal
envelope information by using the temporal envelope supplementary
information, and the temporal envelope shaping means shape a temporal
envelope of a high frequency component by multiplying the high
frequency component in the frequency domain generated by the high
frequency generating means by the adjusted temporal envelope
information.

[0023] In the speech decoding device of the present invention, the

temporal envelope supplementary information preferably represents a
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15Frequency), ISF (I mmttance Spectrum Frequency), and PARCOR coefficient.
[0027] In the speech decodi ng device of the present invention, it is
preferable that the | ow frequency tenporal envel ope anal ysis nmeans perform
| i near prediction analysis in a frequency direction on the low 20
frequency conponent transforned into the frequency domain by the frequency
transformnmeans to obtain the |low frequency |inear prediction coefficients,
and obtain power of each tine slot of the | ow frequency conponent in the
frequency domain to obtain tenporal envelope information of a speech
signal, the tftgosteangtnperapecndped fomadjnstang stsagihust lin¢ar predicticequency

|l i near predictiqnpn coefficients by using the tenporal envel ope suppl enentary
i nformation dﬁ@fﬁﬁﬁggﬁ the tenporal envel ope information by using the

I I i nf. l.on, dth l I
Shaapi ng. moandCBBRY G5 HoP: FECEpNeCLEE GRPFY 10, T PPYSCt ARBHAty Ui 1 ot i on
the high f .C. nt..in.the ft d [ ‘ ted by th

hi gh 1 r equendy ORI ERVRPRG BRI s PG IAON Lo B r e &
h PO R e P feds i
Compor 81 envalBBLtiF wolosbing HEgRALAe SELRAD, SokMioh DY HEARRRRRAE o " Fe

hi gh frequenc g%gg)jﬁf&tﬁngy f£onvol ving the high frequency conponent in the
frequency donééIV% th the toeriporal envel ope i nformation adjusted by 10t he

t enpor al enveﬂor@lgs! 34 et kpdcieadsoding 0dA8te |oF iHéerpiéB%ﬁﬁIlndéiﬁQSH,“ﬂxedeVi ce of
the present invention, it is preferable that the ow frequency 't enporal

envel ope analggipprakansehayd aupplémertaryr adbehation apadfggibdy | moludésequency
direction on the | ow frequency conponent transforned into the frequency
domai n by t hedifferémted iefornatiocansf bneampdsction odfficientheithorespeetooency .
| i near prediction coefficients, and obtain_tenporal envel ope infornation of
a speébh si gk loy Irequaneydipegomegdietion ge¢ifioimisubband sanpl e of the | ow

frequency conpaone in the frequengy domain, e tenporal envel ope
adj usting ne éIIIjt[HsIhet ARPACHNAEFRHDBNESVIFE h eprpé%ﬁe@filaﬂe%tm,fﬁﬁ ent

differential information preferably represents a difference between
linear prediction coefficients in at least any domain of LSP (Linear
Spectrum Pair), ISP (Immittance Spectrum Pair), LSF (Linear Spectrum
15 Frequency), ISF (Immittance Spectrum Frequency), and PARCOR
coefficient.
[0027] In the speech decoding device of the present invention, it is
preferable that the low frequency temporal envelope analysis means
perform linear prediction analysis in a frequency direction on the low
20 frequency component transformed into the frequency domain by the
frequency transform means to obtain the low frequency linear prediction
coefficients, and obtain power of each time slot of the low frequency
component in the frequency domain to obtain temporal envelope
information of a speech signal, the temporal envelope adjusting means
25 adjust the low frequency linear prediction coefficients by using the

temporal envelope supplementary information and adjust the temporal
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20 by using the tenporal envel ope supplenentary informati on and adjust the
tenporal envel ope information by using the tenporal envel ope suppl enentary
information, and the tenporal envel ope shapi ng neans perform i near '
prediction filtering in a frequency direction on a high frequency conponent
in the frequency domain generated by the high 25frequency generating neans
by using linear prediction coefficients adjusted by the tenporal envel ope
adj usting neans to shape a tenporal envelope of a speech signal, and shape
a tenporal envel ope of the high frequency conponent by nultiplying the high
frequency commvebope inforietibn dopesing doerdémpbralt ¢revelepsp supplesrentdnype
information adjusted by the tenporal envel ope adjusting neans. 5[0029] In
the speech ddodermaiiareansethst temiporpl eneslope sheprigomeans peromoliaéatenvel ope

suppl ementary informatjon preferably represents a p%aeaﬁt er .indicating both
filter strenglRAition AdEring: iy (TesRcasks Hresta oy ghi FeEenssy t enpor al

fevi gtei of t Lei%ﬁgéri | Tt frare _%“Qgé%ég“gﬁh%ﬁwﬁB&St%ggéﬁg@eﬁﬁﬁﬁé’q?gﬂﬁﬁfﬁig”2n |
separ it g ::%@%%?@%%ﬁ@&fﬁ@gé Rt AR AR R RORS Pldevice
| near  pr o PE QR EoaR et Fleah 3 Rl BERBRrT e EldgReE o

i nterpol ationf %gééc%pgﬂ b, QA RARR i@émb@fa?ra?&gi lenSf fe B ﬁ-@gﬁéﬂ' g the

| i near prediction coefficients in a tenporal ection, and tenporal

envel ope shapgdifipsE&its biyolcopebfang ik IHipkarfreguentyet ¢@pohédritein nthd n a
frequency direction on a high frequency conponent represented in a
frequency donfequéncyudomgin withathe 2thporelletdlope dofeffiatioarddjustad drypol at ed
or extrapol ated by the linear prediction coefficients

i nt er g6l at i onthextempovilamivelppesaidjysting si¢ans a t enporal envel ope of a speech
signal. [0031] A speech encoding nmethod of tge present jnvention is a
speech encodi Mtlﬁoﬁleué‘ﬁ’%had deisd P dhﬁd%ﬁeé@ltfweéﬂ%ditngs a speech

25signal and L&&é%ghgghm?ﬂﬁPﬂﬁve &%ﬂ&ﬁg‘é&ﬁﬁﬂhﬁeﬁgg0%eh§%ﬂ§£§%£2w%p00ding
perform linear prediction analysis in a frequency direction on the low
frequency component transformed into the frequency domain by the
15 frequency transform means to obtain the low frequency linear prediction
coefficients, and obtain temporal envelope information of a speech
signal by obtaining power of each QMF subband sample of the low
frequency component in the frequency domain, the temporal envelope
adjusting means adjust the low frequency linear prediction coefficient
20 by using the temnporal envelope supplementary information and adjust
the temporal envelope information by using the temporal envelope
supplementary information, and the temporal envelope shaping means
perform linear prediction filtering in a frequency direction on a high
frequency component in the frequency domain generated by the high
25 frequency generating means by using linear prediction coefficients

adjusted by the temporal envelope adjusting means to shape a temporal
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devi ce encodes a | ow frequency conponent of the speech signal; a tenporal
envel ope suppl enmentary information cal culating step in which the speech
encodi ng devi ce cal cul ates tenporal envel ope supplenmentary information for
obt ai ni ng an approxi mati on of a tenporal envel ope of a high frequency
conponent of the speech signal by using a tenporal 5 envelope of a | ow
frequency conponent of the speech signal; and a bit stream nultipl exing
step in which the speech encodi ng device generates a bit streamin which at
| east the | ow frequency conponent encoded in the core encoding step and the

t enpor al envedmptossipPh epeadtasignah fandrsiiapern walpurhbeedlope bhi¢hd bigbor al

envel ope supplenentary 10i nformati on cal culating step are multi pl exed.

[ 00321 A speefrbqesmoydiampomsittday ofultipkying ¢hehigh freqnenchcospanemieich
encodi ng nmet hod using a speech encodi ng device faor encodi ng_a speech signal
and i ncl udi ngthedremieacy deosnin pysthe gempovalissvelaps wfamtiashediusted evi ce
encodes a.l ow frequency coppponent of the speech signal; a 15 frequency .
t ransf or m st e tRINRRrA IPVEODE FEHRHINEBSANhg devi ce transfornms the speech

signal _into a.fy en domain;, a l.inear .prediction anal.ysis.step in which
the spéech en@@&gﬂgnd&éi E° g??%&ﬂggﬁe‘flg%dgfeﬂ%%/ Hr?%@gr‘}llb'?’%tﬂﬁ’%t
coefficients r ] ] | Gi 4 | VSieS. | cy
Girect i on on EHURRRLFRHERe FRBRm AR ShiaReAREtESRhD S iE
transforned i : Jr Nt : nﬁ&%‘ ep; a
prediction c %ﬁqgn%ﬁﬁﬁggqg%rggqﬂﬁgﬁfE:th_tﬁ@ g%cgé)(r: er@%%}l?istg devi ce
deci mat es t hegdy gﬁlafghﬁﬁ%nﬁf Jcérﬁﬁé&fal pb&ﬁhﬁéﬁoﬁfcﬁﬁffﬂeﬁiﬂi‘ﬁﬁ éiﬁlel’éﬁted in the
| i near prediction analysis nmeans step in a tenporal direction; a prediction
coefficient qitdstmhaiioy 25step in which the speech encodi ng devi ce quanti zes
t he high frequency linear prediction coefficients decimated in the

predi diOi on coff(3i0¢i krspeededeomiingrdeveen of she present! iaveiitionsisr @apeech

mul ti pl exi ng step _in which the speech encodi ng device generates a bit
stream i n whi é¢caing dgvicet fos desadingeau encydeh aprasbrrigeal cowkindludinge core

encodi ng step, and the high f requencgq | i near  predi.ction coeffici 1g:l_nt S
quanti zed in PReHRaaYSeparating doedns KresApafiiiig aA1h§lrepmpreseweqfuitonpl exed.

0953 & 2Bl SECRS) HALTE Aot Bl houR S5 BETEL t3o FRESET .
speech o1 anel s SHGL U4 8o R b, SHGSTBICHANE. LGP sppettLed, e
15 linear prediction coefficient interpolation/extrapolation means for
interpolating or extrapolating the linear prediction coefficients in a
temporal direction, and temporal envelope shaping 1neans for
performing linear prediction filtering in a frequency direction on a high
frequency component represented in a frequency domain by using linear
20 prediction coefficients interpolated or extrapolated by the linear
prediction coefficients interpolation/extrapolation means to shape a
temporal envelope of a speech signal.
[0031] A speech encoding method of the present invention is a speech
encoding method using a speech encoding device for encoding a speech
25 signal and including: a core encoding step in which the speech encoding

device encodes a low frequency component of the speech signal; a
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10 outside the speech decodi ng device that includes the encoded speech
signal into an encoded bit stream and tenporal envel ope suppl enentary
information; a core decoding step in which the speech decodi ng devi ce
obtains a | ow frequency conponent by decoding the encoded bit stream
separated in the bit stream separating step; a frequency transformstep in
15 which the speech decoding device transforns the | ow frequency conponent
obtained in the core decoding step into a frequency donain; a high
frequency generating step in which the speech decodi ng device generates a
_hi gh frequencigngerabasi opyy siggiymestd i énfopm atioaqibad yticg stgnianihichansf or med
into the frequency domain in the frequency 20 transformstep froma | ow
frequency bantietspeechendoding deeivecabanates éerhporal enyelepe yupplepoaddryenvel ope
anal ysis step in which the speech decodi ng device obtains tenporal envel ope
i nformation bipfemedtior fay attainingvan apgresinatioonglontampenahssydopedfiant o t he
frequency domain in the frequency transform step; t enporal envel ope

adj usting st epgpniogugncyhcempospiceh ik sBERHY Sk@&i’ilg%y agings & femporglenpor al
envel ope information gbtaingd in the lowfre ncy t oral envel ope
analyoBe | ot COMBIOREPRG IoHoRERMTSTAOBRRATS R 6 e ERR 4T & 0War | on:

and a tenporal, envel gpe, shapi ng .st iy Which,the eecgh .decodi ng device
shapes a t enpBr& gp@ﬁpkﬁgﬁft&ﬁﬁg Vﬁgﬁh%? éaﬁ%cil?c?}lc ?ﬁ%ﬁ%ﬂf%&ﬁ%ﬁag"tsed inthe
hi gh frequenc e I i r Information
adjusted in t%ggtégﬁép% gﬁ%]ﬁélzlﬁggééasgg}édgﬁ r%qé‘&%{e{g? Cﬁmﬁggg‘g%‘géﬁ decodi ng

met hod of theg@r ?élr@éeﬂcg ig iagldaégge@ aﬁp%ﬁg’ﬂ%sgﬁﬁlrﬁéﬁ% speech

decodi ng device ecodi Img arn enco speech signal® an a bit

stream separ afnfonsi@P calcwbited ihe fsPersipsiel odhhlopeVistppronaitates a bit
streamreceived from 10 outside the speech decodi ng device that includes
the engoded spdeshatsorgoaculating ssep arecadiipléxdd.stream and |inear prediction
coefficients; a linear prediction coefficient interpolating/extrapolating
step i n whi ch[G038] shepetridenwdiing niehod efithe grpsdmtingerdiorext a ape¢dt es t he
| i near prediction_coefficients in a tenporal direction; and a tenporal
envel ope shapengpding methed usinga speechenspdisgndeided domencoding a speegles a
p

{1 Lorng i HEPRCTHbASGnEos EPBtsenFigh TrURbbIn SowpeneAtnE
ted i f En b [ the |i dj ct.i
oot 111 ent s AREF POILAEER RolO BulPARIcE: SATPAERb O EaPoEr BatBEr
ffi;@d ent 2Qi | af i ' . 5 di
or oor 4 of t na eBP kG ERBEEY S Oh By P e oo R e

conput er deviﬁgﬁ@ﬁ@gﬁgﬁggicﬁﬁg%ﬁy&dp&e é@@f@émgﬂlcogi cdy | OW

frequency conponent of , tenporal envel opé supplenentary
information cpfedidtadn ﬁﬁafﬁﬁn&eg%%h@i e apédith bREGUIfiR! deRiveebBREns

suppl ementary” i nformati on to obtain
high frequency linear prediction coefficients by performing linear
prediction analysis in a frequency direction on coefficients in high
20 frequencies of the speech signal transformed into the {requency domain
in the frequency transform step; a prediction coefficient decimation step
in which the speech encoding device decimates the high frequency
linear prediction coefficients obtained in the linear prediction analysis
means step in a temporal direction; a prediction coefficient quantizing

25 step in which the speech encoding device quantizes the high frequency

linear prediction coefficients decimated in the prediction coefficient
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an approxi mation of a tenporal envelope of a high frequency conponent of

t he speech signal by using a tenporal envel ope of the |ow frequency
conponent of the speech signal; and bit stream nultipl exi ng means for
generating a bit streamin which at |east the | ow frequency conponent
encoded by the core encodi ng neans and the tenporal 5 envel ope

suppl enentary information cal cul ated by the tenporal envel ope suppl enentary
i nformation cal cul ating means are nmultipl exed. [0036] A speech encodi ng
program of the present invention for encoding a speech signal causes a
conput er devi g&ifatibunatamstap; aid b bieneadh naulgdesin e hc adiictotige | ow
frequency conponent of the speech 10 signal; frequency transform neans for
converting t hgpeephenkodingnddvicepenarafesenbrt styanpimimhic anleast theddirct i on
anal ysis neans for performng linear prediction analysis in a frequency
direction on fregfidricyi esmponenthénpodeddguibrnciars wfcoting sispeartd g

transforned into the fr equen_cgi domai n fgiycithe frequency transform neans to
obtain high ffreqeensyy lineae predictiopr eaeldiciants c@éarglzéﬂem ghe ppigdictiaron
coefficient decipation neans for decinatin he hi gh frequency |i near

predi cPi on coeddificiea Quapizae skp ¥ LISty prediction anal ysis neans in

e o £ AR ST SRS PO TRl o o
he. Pl o GOLA! SLARY 1edSC PRI OBRARE: b IN: BUIGHE a1 |,

N
frequency conponen : : je n p%ﬂ'ﬂ i
frequency Ii %r _pEi_e |c?ﬁg%g§%le%¢é§§%§g%gﬁgﬁ?§gﬁy§e he giégtle?t?gn _
coef ficient aUaH i gpdERHecai ﬁib@'s@;ﬁﬁtes%Eﬁ%&nﬂ'&ﬁﬁ%hfr@ﬁPOd' ng
program of the present invention for decoding an encoded speech signal
causes (a conmpouRideded gpedch dédvnlitg eevas thait tinskidearthe epevdéd rpesatans for
separating a bit streamreceived fromoutside the speech decodi ng program
t hat i ncl udessighel Bric adezhcoped bit regnabnd h¢mparal emyvetted dipplehemany and

t enpor al enve[n%pe suppl ementary information; core decodjng_mneans for
decoding 5 tfoaneterda sore decashing stepainawbirhothet speesh desodisgrdasdgar at i ng

nmeans to obtaip a low frequency conponent; frequency transform nmeans for
t ransf orm ng QE@JIF W%We@ifﬂ%?@{}ywﬁﬁ%’@ﬁ? {3’}56{3598@@ qquggigg 8B ng

genorating o RISHARHGH GREY SUSABLAIERBIE GopyR pobrecy DR oamiahincy
reans Tt om o PRURH @it SAEEPHh b o el PRl A, WS sRRRY g aney

tenpor al e”V?ESﬁ‘f:toﬁgﬁﬂf é’ﬁﬂaﬁzéaﬁﬁ’}glefc%e aggé%gg @%.r;% o l20me L{e%g%ﬂaiﬁonpone”t

transformed into requency domain quency transform neans to

obtai n tenpor alhigRVRsRRSC Jg‘%nbfﬁtﬁfg”ﬁ!ébQﬁ?whﬁﬂﬁp@lféaépe%ﬂfﬂe@@@in?dfléﬁ&é ng means
for adjusting thé tenporal "envel ope information obtained by The | ow
frequency tenpen@ateany ¢ligh dranehygicd ty vspyiggt the loembegaknenvel ope
suppl enentary information; and tenporal envel ope shapi ng neans for shaping
a tenporal enceipoeenf ttansfdringd inteqthenfrgquemporentaigemetlst édgoynehe

20 transform step from a low frequency band to a high frequency band; a
low frequency temporal envelope analysis step in which the speech
decoding device obtains temporal envelope information by analyzing
the low frequency component transformed into the frequency domﬁin in
the frequency transform step; a temporal envelope adjusting step in

25 which the speech decoding device adjusts the temporal envelope

information obtained in the low frequency temporal envelope analysis
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20 hi gh frequency generating neans by using the tenporal envel ope

i nformation adj usted by the tenporal envel ope adjusting nmeans. [0038] A
speech decodi ng program of the present invention for decodi ng an encoded
speech signal causes a conputer device to function as: bit steam separating
means for separating a bit streamthat 25includes the encoded speech signal
into an encoded bit streamand |inear prediction coefficients. The bit
streamreceived fromoutside the speech decoding program In addition, the
speech decodi ng program further causing a conputer device to function as;

l'inear predi citbomhycoahsd ithé edthpbrdl @hRelopel RipptetheRey alfoPMatiBaNand @r
i nterpol ati ng or éxtrapol ati ng the linéar prediction coefficients in a

temporal direetiporal efveloge tshaj@mrgaétepnmewam tapparghn@enslifig depsef or m ng
l'inear prediction filtering in a frequency direction on a high frequency

conponent r epshapes hetdmipora énvetppenafythédiiph Mrdupensy wgmiponeat gpmerdiedtt i on
coefficients interpol ated or extrapolated by the I i near pred| ction

coef ficient iimtéepbight ﬁ*oqumcyr gmraM@rstapebmstmg pemporad pyekipe
10envel ope o;ﬂ% speech signal,. [0039] In Yﬁﬁ ch .decodi ng device of the
presen® inve atigipa éﬁtﬁérlﬁﬂl%m@'ﬁee% BP‘?\Q fwsHAS stk t er per f or mi ng

?P&Léﬂi?%ﬁﬁ@@hé&' Cpeadhed ngﬂﬂ"e” e g %éﬁecnﬁip‘ﬂ'wggﬁ%%ﬁ?equency
domponent _ob ?ﬁﬁ?égﬂgﬁwgih?ﬁ'gﬁﬁa? HeShT et clied g RN o o
val ue equi val gpioded 4haty RELEN Codd Srd LBSRE PHRCLS éalﬂr%eha}apﬁfgp £:0040] 1n

t he speech detoding rce res i'nven envelope

shapi ng meansyhai ﬂ{e %Eﬂﬁ%gﬂlﬂg%ﬁéé@?ﬂﬁe@% i 'S%amzﬁcfeideﬁeﬁ‘bﬁg in the

frequency direction on the requency conponent in the frequency donain
gener giged by &ieidel efe &p &@H%&bdﬂ%}@éﬁide%aﬂ&@dﬁde@ﬂ@é ehablyd apédtit s power

in a certain frequency range of i gh frequency conponent obtained as a
result of t hesighalearto mredhaidednbitistteani agd timear atdietienuioedfielehist @ t hat

before the linear prediction 25filterin

linear prediction coefficient mterpol%ting/extrapolating step in which the
speech decoding device interpolates or extrapolates the linear prediction
coefficients in a temporal direction; and a temporal envelope shaping

15 step in which the speech decoding device shapes a temporal envelope of
a speech signal by performing linear prediction filtering in a frequency
direction on a high frequency component represented in a frequency
domain by using the linear prediction coefficients interpolated or
extrapolated in the linear prediction coefficient

20 interpolating/extrapolating step.
[0035] A speech encoding program of the present invention for
encoding a speech signal causes a computer device to function as: core
encoding means for encoding a low frequency component of the speech
signal; temporal envelope supplementary information calculating means

25 for calculating temporal envelope supplementary information to obtain

an approximation of a temporal envelope of a high frequency
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[0041] In the speech decoding device of the present invention, the

t enporal envel ope supplenentary information is preferably a ratio of a

m ni rum val ue to an average val ue of the adjusted tenporal envel ope
information. [0042] In the speech decodi ng device of the present invention,
the 5 tenporal envel ope shaping neans, after controlling a gain of the

adj usted tenporal envel ope so that power of the high frequency conponent in
the frequency domain in an SBR envel ope tinme segnent is equival ent before
and after shaping of the tenporal envel ope, preferably shape a tenporal
envel ope of tBempogbnt! sfiteepesctespparigntising feynposhl emtelbpeof tiee foenpor al
envel ope whose gain is controlled by the high frequency conponent in the
frequency donfiequed®0d&hpbnerthef theepebcld atmdinandibiti steanf mfitplexésent
invention, the low frequency tenporal envel ope anal ysis neans preferably
obt ai ns power meane£oh genErasingmbet Seaamh én ovhicheat| leastf theqoen &sequongsonent 15
transforned to the frequency domain by the frequency transform neans, and
obt ai ns t enpofRAMPERRY 6pecdadt Gyl caTe ePIcedEIR dheals aﬂ‘éa’ﬁhﬁ tepeperati ent to

of each of { NEAIADSUBBEPEARBY ca By TSIy SHIERAE pBYers nicb R |
Chvention i 5 SCHEBE RuNReO Y deb R a b g are BULASIeRE ek si gnal
by decodi ng LTIy SEARHD SolBaY: BheBth Sbh. B, Dol HRIERR P har
25t Anst or m e RARE il e Sy Callses € QURRTYa JANE B TR e %re o i ng
means into a BhHESHIAR GHeARMRY BacHdial J I0j¢ fiRau¥n&E BEfpohBAL of the speech

10 signal; frequency transform means for converting the speech signal into

a frequency domain; linear prediction analysis means for performing
linear prediction analysis in a frequency direction on coefficients in high
frequencies of the speech signal transformed into the frequency domain
by the frequency transform means to obtain high frequency linear

15 prediction coefficients; prediction coefficient decimation means for
decimating the high frequency linear prediction coefficients obtained by
the linear prediction analysis means in a temporal direction; prediction
coefficient quantizing means for quantizing the high frequency linear
prediction coefficients decimated by the prediction coefficient

20 decimation means; and bit stream multiplexing means for generating a
bit stream in which at least the low frequency component encoded by
the core encoding means and the high frequency linear prediction
coefficients quantized by the prediction coefficient quantizing means are
multiplexed.

25 [0037] A speech decoding program of the present invention for

decoding an encoded speech signal causes a computer device to
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means for generating a high frequency conponent by copying the | ow .
frequency conponent transformed into the frequency domain by the frequency
transform neans froma | ow frequency band to a high frequency band; | ow
frequency tenporal envel ope analysis neans for 5 analyzing the |ow
frequency conponent transforned into the frequency domain by the frequency
transform neans to obtain tenporal envel ope information; tenporal envel ope
suppl ementary i nformati on generating neans for analyzing the bit streamto
generate tenporal envel ope supplenmentary information; tenporal envel ope
adj usti ng neadfssicfion aslbitdireain Beparhting anpaisalforesypiratiag i iy sakiuan

obt ai ned by the | ow frequency tenporal envel ope anal ysis neans by using the
t enpor al enveleogized ufppine oetsider the spachadé@ding padogEmpdhat irehvddsothe shapi ng
means for shaping a tenporal envel ope of the high frequency conponent
gener at ed by erntedad gkpdachqsigne) wémenmt emepdedamst sjreasi rapdl semporadnpor al
envel ape informati on adjusted by the tenporal_ envel ope adjusting neans.
[0045] It is grelerapinelemeantaryafopratandarsdicrgdgeineansofor dssodngs ent

reention LichyscRiL TN LAR L hency adh P Ttz g seiondery o
o Ut 10 et 1R FRe o BT S, AR RALSN RS2
£ e A T g YRS SRS T Sl s
e secenian AL ARUTRS, St Qymane DY FSEILE enBraps o
o ecoond, et R Beafngatsg ey o gonos i copyabat 91l
adj ustibng neafisquancybeomponedi transfopmed emso dhe alrsquencyasdemditr bygthHeBR
decoding frequency transform means from a low frequency band to a high
frequency band; low frequency temporal envelope analysis means for
analyzing the low frequency component transformed into the frequency
domain by the frequency transform means to obtain temporal envelope
15 information; temporal envelope adjusting means for adjusting the
temporal envelope information obtained by the low frequency temporal
envelope analysis means by using the temporal envelope supplementary
information; and temporal envelope shaping means for shaping a
temporal envelope of the high frequency component generated by the
20 high frequency generating means by using the temporal envelope
information adjusted by the temporal envelope adjusting means.
[0038] A speech decoding program of the present invention for
decoding an encoded speech signal causes a computer device to
function as: bit steam separating means for separating a bit stream that

25 includes the encoded speech signal into an encoded bit stream and linear

prediction coefficients. The bit stream received from outside the
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5Advant ageous Effects of Invention [0046] According to the present

i nvention, the occurrence of pre-echo and post-echo can be reduced and the
subj ective quality of a decoded signal can be inproved without
significantly increasing the bit rate in the bandw dth extension techni que
in the frequency domain represented 10by SBR. Brief Description of Draw ngs
[0047] FIG1 is a diagramillustrating a speech encodi ng devi ce according
to a first enbodi nent; FIG2 is a flowhart to describe an
operation of the speech 15encodi ng device according to the first

enbodi ment;  speech ideCodinigspgtaagr dm ddditied, thei spgeah seeodingdeapdimg devi ce
according to the first enbodi nent; FIG4 is a flowhart to describe
an operati on fufithehecasmecia dempuisrgdevicect dunciati rag; tlmeahepiedicsion

enbodi nent; 20FIG 5 is a diagramillustrating a speech encodi ng device
accordi ng to coeffieient minterpalatioexisapelation meeansnblsdi nsterpolating @ G 6 is a

diagramillustrating a speech encadi pg devjce according to a.second
enbodi nment ; extrapolag[mg the ﬁn@npﬁeshcélqn sopifigtants an deleannasal difeeeiiat i on of

the spgech 2o ot potaf v i5p8 Shahine Thehds FO pSSamthe THheat prdiction
filtering in a frequency direction on a high frequency component
represented in a frequency domain by using linear prediction
coefficients interpolated or extrapolated by the linear prediction
coefficient interpolation/extrapolation means to shape a temporal
10 envelope of a speech signal.
[0039] In the speech decoding device of the present invention, the
temporal envelope shaping means, after performing the linear prediction
filtering in the frequency direction on the high frequency component in
the frequency domain generated by the high frequency generating
15 means, preferably adjusts power of a high frequency component
obtained as a result of the linear prediction filtering to a value
equivalent to that before the linear prediction filtering.
[0040] In the speech decoding device of the present invention, the
temporal envelope shaping means, after performing the linear prediction
20 filtering in the frequency direction on the high frequency component in
the frequency domain generated by the high frequency generating
means, preferably adjusts power in a certain frequency range of a high
frequency component obtained as a result of the linear prediction
filtering to a value equivalent to that before the linear prediction

25 filtering.
[0041] In the speech decoding device of the present invention, the
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FIG 8 is a diagramillustrating a speech decoding device according to the
second enbodi nent ; FIG9 is a flowhart to describe an operation of

t he speech decodi ng device according to the second enbodi nent;

FIG 10 is a diagramillustrating a speech encodi ng device 5according to a

third enbodi nent; FIG 11l is a flowhart to describe an operation of
t he speech encodi ng device according to the third enbodi nent; FIG 12
is a diagramillustrating a speech decodi ng device according to the third

enbodi ment; 10FIG 13 is a flowhart to describe an operation of the speech
decodi ng devitempaczlosntiehope supemehiary infdyoditioants; prelerablym Gitiotof ¢ a
diagramillustrating a_speech decodi ng device according to_a fourth

enbodi ment; minimum value tEpmavemgesvauaiddng adinsted teraporey cavelowech
decodi ng devi.ce 15according to a nodification of the fourth enbodi nent;
FIG16 is a d 90l ustrating a speech decodi ng device according to

another. nodi ffO%%j % 't%fe éé‘e%cﬂoh‘ééo%iﬁg”b Qi TEEE the present invention, the
5 temporal envelope shaping means, after controlling a gain of the
adjusted temporal envelope so that power of the high frequency

component in the frequency domain in an SBR envelope time segment

is equivalent before and after shaping of the temporal envelope,

preferably shape a temporal envelope of the high frequency component

10 | by multiplying the temporal envelope whose gain is controlled by the
high frequency component in the frequency domain.

[0043] In the speech decoding device of the present invention, the low
frequency temporal envelope analysis means preferably obtains power
of each QMF subband sample of the low frequency comnponent

15 transformed to the frequency domain by the frequency transform means,
and obtains temporal envelope information represented as a gain
coefficient to be multiplied by each of the QMF subband samples, by
normalizing the power of each of the QMF subband samples by using
average power in an SBR envelope time segment.

20 [0044] A speech decoding device of the present invention is a speech
decoding device for decoding an encoded speech signal and including:
core decoding means for obtaining a low frequency component by
decoding a bit stream received from outside the decoding device that
includes the encoded speech signal; frequency transform means for

25 transforming the low frequency component obtained by the core

decoding means into a frequency domain; high frequency generating
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FIG 17 is a flowhart to describe an operation of the speech decodi ng

devi ce according to the other nodificat’ion of the fourth 20enbodi ment;

FIG 18 is a diagramillustrating a speech decodi ng device according to

anot her nodification of the first enbodi nent; FIG 19 is a
flowchart to describe an operation of the speech decodi ng device according
to the other nodification of the first 25enbodinent; FIG 20 is a diagram
illustrating a speech decodi ng device according to another nodification of

the first enbodi nent; FIG 21 is a flowhart to describe an operation
of the speechméanoddmgentraiing astighrfiequency ¢dmepatdngrbyroohfingahe dowof t he
first enbodinment; 5FIG 22 is a diagramillustrating a speech decodi ng

devi ce accor diraguarzyacomgiohentatransfovmed hiate she nde@raneyi aemain by the FI G 23
is a flomhart to describe an operation of the speech decodi ng device
accordi ng to frRquensyi frasataren meansh&rome coneve nbrsiiersyt bandrpca bighi s a

modi 1 cat i on BPAHESS BEuhdoBhEsaRRBA Jemporal envelope andlysis means for

5 analyzing the low frequency component transformed into the frequency

domain by the frequency transform means to obtain temporal envelope

information; temporal envelope supplementary information generating

means for analyzing the bit stream to generate temporal envelope

supplementary information; temporal envelope adjusting means for

10 adjusting the temporal envelope information obtained by the low

frequency temporal envelope analysis means by using the temporal

envelope supplementary information; and temporal envelope shaping

means for shaping a temporal envelope of the high frequency

component generated by the high frequency generating means by using

15 the temporal envelope information adjusted by the temporal envelope
adjusting means.

[0045] It is preferable that the speech decoding device of the present

Invention include primary high frequency adjusting means and

secondary high frequency adjusting means, both corresponding to the

20 high frequency adjusting means, the primary high frequency adjusting

means may ecxecute a process including a part of a process

corresponding to the high frequency adjusting means, the temporal

envelope shaping means may shape a temporal envelope of an output

signal of the primary high frequency adjusting means, the secondary

25 high frequency adjusting means may execute a process not executed by

the primary high frequency adjusting means among processes
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FIG 25 is a flowhart to describe an operation of the speech decodi ng

devi ce according to the other nodificatiort of the second enbodi nent; 15FI G
26 is a diagramillustrating a speech decodi ng devi ce accordi ng to anot her
nodi fication of the fourth enbodi nent; FIG 27 is a flowhart to
describe an operation of the speech decodi ng device according to the other
nodi fi cation of the fourth enbodinent; 20FIG 28 is a diagramillustrating
a speech decodi ng device according to another nodification of the fourth

enbodi nment , FIG29 is a flowhart to describe an operation of the
speech decodi g@relpondmgacs othei hight dreignency heljustigl mheaisi on o dupuf ourth
enbodi nent; 25FIG 30 is a diagramillustrating a speech decodi ng device

accor di ng t o sigoalhef theadnfrioral ¢roelafe shepifigumaednseatd theeettondary high FIG 31
is a diagramillustrating a speech decoding device according to another

modi fi cati on Bequénsyr adjpsting wirsdisrpay ;be an addition pragesgefiassine ftwakgchart to

.describe an operation of the speech decodi ng device according to the other
modi fi cation gﬁl’fﬂfi&ngPBd?‘ilegﬁﬂbodi ment ; FIG 33 is a diagram

itlhlau;sgré?t Lngnggggﬁg?%o%%% L&g O(ilci}/livggﬁgﬁcor ding to another nodification of
[0046] According to the present invention, the occurrence of pre-echo
and post-echo can be reduced and the subjective quality of a decoded
signal can be improved without significantly increasing the bit rate in
the bandwidth extension technique in the frequency domain represented
10 by SBR.
Brief Description of Drawings
[0047) FIG. 1 is a diagram illustrating a speech encoding device
according to a first embodiment;
FIG. 2 is a flowchart to describe an operation of the speech
15 encoding device according to the first embodiment;
FIG 3 is a diagram illustrating a speech decoding device
according to the first embodiment;
FIG. 4 is a flowchart to describe an operation of the speech -
decoding device according to the first embodiment;
20 FIG 5 is a diagram illustrating a speech encoding device
according to a first modification of the first embodiment;
FIG. 6 is a diagram illustrating a speech encoding device
according to a second embodiment;
FIG. 7 is a flowchart to describe an operation of the speech
25 encoding device according to the second embodiment;

FIG 8 is a diagram illustrating a speech decoding device
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FIG 34 is a flowhart to describe an operation of the speech decoding

devi ce according to the other nodification of*the fourth 10enbodi nent; FIG
35 is a diagramillustrating a speech decodi ng device according to anot her
nodi fication of the fourth enbodi nent; FIG 36 is a flowhart to
describe an operation of the speech decodi ng device according to the other
nodi fi cation of the fourth 15enbodinent; FIG 37 is a diagramillustrating
a speech decodi ng device according to another nodification of the fourth
enbodinment; FIG 38 is a diagramillustrating a speech decodi ng device
according to acsrtig oot secaid embodirhégt; fourth enbodi ment, 20 FIG 39 is

a flowhart to describe an operation of the speech decodi ng device
according to the otllér %osid floarchant ¢é delseriboant bperdiodi oBthe spe&h0 is a
diagramillustrating a speech decodi ng device according to another
modi fi cation decadiag devicetnceatsbng tethe seopdembpdimeny {1 owchart to descri be
an .operation of theFIS .ele((): his a diagram illustrating a speech encoding device
5 according to a third embodiment;
FIG 11 is a flowchart to describe an operation of the speech
encoding device according to the third embodiment;
FIG 12 is a diagram illustrating a speech decoding device
according to the third embodiment;
10 " FIG. 13 is a flowchart to describe an operation of the speech
decoding device according to the third embodiment;
FIG 14 is a diagram illustrating a speech decoding device
according to a fourth embodiment;
FIG. 15 is a diagram illustrating a speech decoding device
15 according to a modification of the fourth embodiment;
FIG 16 is a diagram illustrating a speech decoding device
according to another modification of the fourth embodiment;
FIG 17 is a flowchart to describe an operation of the speech
decoding device according to the other modification of the fourth
20 embodiment;
FIG. 18 is a diagram illustrating a speech decoding device
according to another modification of the first embodiment;
FIG. 19 is a flowchart to describe an operation of the speech
decoding device according to the other modification of the first

25 embodiment;

FIG. 20 is a diagram illustrating a speech decoding device
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decodi ng device according to the other nodification of the fourth

enbodi nent ; FIG 42 is a diagramillustrating a speech decodi ng device
according to another nodification of the fourth enbodi nent; FI G 43
is a flomhart to describe an operation of the speech 5decodi ng device
according to the other nodification of the fourth enbodi nent; FIG 44
Is a diagramillustrating a speech encodi ng device accordi ng to anot her

nodi fication of the first enbodi nment; FIG 45 is a diagram
illustrating a speech encodi ng device 10according to still another

nodi fication aécdriing for @lotlesraaddifRationfdfGhd firktserabadiagsam i | | ustrating a
speech encodi ng device according to a nodification of the second

enbodi ment; FI G 47FIG 3l @ agflomchhttust deddritg an sypeeatiore o able rpedevi ce
according to another nodification of the second enbodi nent;
decoding device according to the other modification of the first
embodiment;
5 FIG. 22 is a diagram illustrating a speech decoding device
according to a modification of the second embodiment;

FIG. 23 is a flowchart to describe an operation of the speech
decoding device according to the modification of the second
embodiment;

10 FIG. 24 is a diagram illustrating a speech decoding device
according to another modification of the second embodiment;

FIG. 25 is a flowchart to describe an operation of the speech
decoding device according to the other modification of the second
embodiment;

15 FIG 26 is a diagram illustrating a speech decoding device
according to another modification of the fourth embodiment;

FIG. 27 is a flowchart to describe an operation of the speech
decoding device according to the other modification of the fourth
embodiment;

20 FIG 28 is a diagram illustrating a speech decoding device
according to another modification of the fourth embodiment;

FIG 29 is a flowchart to describe an operation of the speech
decoding device according to the other modification of the fourth
embodiment;

25 FIG 30 is a diagram illustrating a speech decoding device

according to another modification of the fourth embodiment;
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15FIG 48 is a diagramillustrating a speech encoding device according to
the fourth enbodinent; FIG 49 is a diagramillustrating a speech encodi ng
devi ce according to another nodification of the fourth enbodi nent; and
FIG 50 is a diagramillustrating a speech encodi ng device 20according to
anot her nodification of the fourth enbodi nent. Description of Enbodi nents
[ 0048] Preferable enbodi nents according to the present invention are
described below in detail with reference to the acconpanyi ng drawi ngs. In
the description of the drawi ngs, elenents that are the sane are 25| abel ed
with the sane ref eFéacdlsynisoldiagran illhstrating iz apeechdalecoding devidser eof is
omtted, if applicable. 0049] (First Enbodi nent) .
according to another modification of the fourth embodiment;
FIG 32 is a flowchart to describe an operation of the speech
decoding device according to the other modification of the fourth
5 embodiment;
FIG. 33 is a diagram illustrating a speech decoding device
according to another modification of the fourth embodiment;
FIG. 34 is a flowchart to describe an operation of the speech
decoding device according to the other modification of the fourth

10 embodiment;

FIG 35 is a diagram illustrating a speech decoding device
according to another modification of the fourth embodiment;

FIG. 36 is a flowchart to describe an operation of the speech
decoding device according to the other modification of the fourth

15 embodiment;

FIG. 37 is a diagram illustrating a speech decoding device
according to another modification of the fourth embodiment;

FIG 38 is a diagram illustrating a speech decoding device
according to another modification of the fourth embodiment;

20 FIG 39 is a flowchart to describe an operation of the speech
decoding device according to the other modification of the fourth
embodiment;

FIG. 40 is a diagram illustrating a speech decoding device
according to another modification of the fourth embodiment;

25 FIG. 41 is a flowchart to describe an operation of the speech
decoding device according to the other modification of the fourth
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FIG1lis a diagramillustrating a speech encodi ng device 11 according to a
first enbodi ment. The speech encodi ng device 11 physically includes a CPU,
a ROM a RAM a conmtmication device, 5 and the |like, which are not
illustrated, and the CPU integrally controls the speech encodi ng device 11
by | oadi ng and executing a predeterm ned conputer program (such as a
conputer program for perform ng processes illustrated in the flowhart of
FIG 2) stored in a built-in menory of the speech encodi ng device 11 such as
the ROMinto 10 the RAM The conmmuni cati on device of the speech encoding
devi ce 11 recmbemdinenspeech signal to be encoded from outside the speech
encodi ng device 11, and outputs an encoded nultiplexed bit streamto the
out si de of the spe&lh ddcoxlingliagairc dllugtrating30]spFech sleeedingedewitieng devi ce
11 functionally includes a 15 frequency transformunit |la (frequency

t r ansf or m nea¢69rding ¢ anotbsenadifies P%(MF%Wb@dlﬂlkﬁmh core codec
encoding unit lc ( i near

e encodi ans),, an.SBR encodi.ng uni.t |d,
predi ction anal ysi ﬁéﬂft Bed (ffogYFB%ﬂaltg SASSENBH &N ORFRERE RTaME FPFeSmt i on
cal cul ating an a filter strength.parameter | cul at i und t f
(t enpor al en{%cf?aﬁig flﬁvéci.?pf)‘?%%gmga&? Flﬁaf tin?)(?fﬁglﬁ?t&% acffinﬁlﬂf %Hﬁé) and a
bit stream m’énﬁff)&liﬁ{én@'g unit 1 g (bit streammultipl exi ng neans). The
frequency transformunit la to the bit streamnultiplexing unit I g of the

speech encodi ng deyige Al id | \adhhednpariilG: o Pesci WASHURRS degRld 2ed when

the CPU of the speech encoding device 11 utes the conputter program

25stored in theolithbto afofRiBiodifitati b of BRefifst efftdimandevi ce 11. The CPU
of the speech encoding device 11 sequentially executes processes

(processes from St @GSad5 9 Stdiperdat )illubiratbig af epeech teneollimpwaleaide of FI G
2, by executing the conputer program (or by using the frequency transform
unit 1@ to theecbrdingtto stithamotherphedifivgtioniof the firstienshboditredti n FIG 1).
Various types of data required to execute the conputer program 5 and
various types of ddté: dénds s elagrpmedustrating tthspeetb anepdmis glexinear e al |

stored in the built-in memyry such t he nd. t he RAM of the speech
encodi ng devi&&0T .g[temggﬁéﬂpnéﬁ ﬁé?cqrﬁg‘i’w@g% W&Hit | a anal yzes an

10 Sommunt eati on_ dbiCk b theleGRaLNBRRT RS QEUPeh SEODPAGNS
010, A ARl ehebaith iy, O, ol
6L ocuson a1 [ IED e GG Rt s Sk Techugpeate | Ver
according to the fourth embodiment;
FIG. 49 is a diagram illustrating a speech encoding device
according to another modification of the fourth embodiment; and
FIG. 50 is a diagram illustrating a speech encoding device
20 according to another modification of the fourth embodiment.
Description of Embodiments
[0048] Preferable embodiments according to the present invention are
described below in detail with reference to the accompanying drawings.
In the description of the drawings, elements that are the same are

25 labeled with the same reference symbols, and the duplicated description

thereof is omitted, if applicable.
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15 the low frequency side in the signal of the QW domain obtained by the
frequency transformunit la by using the QW filterbank to obtain a
down-sanpl ed time domai n signal that includes only | owfrequency conponents
of the input signal (process at Step 5a2). The core codec encoding unit Ic
encodes the down-sanpled tine domain signal to 20 obtain an encoded bit
stream (process at Step Sa3). The encodi ng perforned by 'the core codec
encoding unit | c may be based on a speech codi ng nethod represented by a
CELP nethod, or may be based on a audio coding nethod such as a

t r ansf or mat i §A04¥P{Igstribpbedismendyl by AAC or a TCX ( Transform Coded

Exci tation) nethod, 2550052]_The SBR encoding unit id receives the signal
in the QW domai n FEGmlt isea fdiagraandilustraiieg o /P enceding fleyise dins SBR

encodi ng based on_anal yzi t he, power,. signal change, tonaljty, d the

1 ke of the HCGAMIRB iedc HoRBORERDEM, o bBE ARSCaBrSaREIE MeNcs: y |

i nformati.on rocess-.at ep . E | yzi ng. met hod in.the
frequency t r HESRGAIY IS e Ch i REDA o R g Gubioanioby At
5encoding unigt 4 k i i L] I I j ature
"3GPP 1S 26. i ﬁeﬁﬁ%ﬁéﬁ%@ﬁ%ﬁﬁﬁ%ﬁ%@%@ %ﬁ%@ﬁﬁﬂ%@ﬁ%ﬁ near
predi oLl on, 2nAkY ShSelil! bnt UingC v | 0P 440" Rladkdl ! Hd Nrelaal nof O Lhe
frequency transform unit a, ~and perfornms-linear prediction analysis in

the frequency,rdiétefhined @Bl_nz)lﬂ@:rhb%grﬁﬁ?fﬂm)és 40cqaprereiograh fhie signal
to obtain high frequency linear prediction coefficients ail “(n, r) (I_Cnl)
(process at Siegforbahy. prbtedses fibisechtédani the fowcharneAFI@r 2Pstoredin ar der. The
index r is an index In a tenporal direction for a sub-sanple of the signals
in the QW ddmiltan Memovaof trecspereh kndodingateviet bk sucleasthedOMefiitod may be
used for the 15 signal linear prediction analysis. The linear prediction
anal y$Ps to ctb@-eRAl\/g- ( #hergommupmationndayiem of Rke spetelf enending Wewineponent s
that satisfy kie.....63 in q (k, r). It is noted that 1Qjs a frequency

i ndex correspﬁndﬁ‘?ﬁ‘@"?so aappeesPetignthie be &g fem prsidecHige RpSEIBand

encoded by the cqgte codec .encodin it lc. The li.near prediction
20anal ysi g urﬁr’ccoa@lg“raﬁvﬁfe g 6’(5181" Qfgﬂﬁps: %&PCB&%‘@ WilﬁBf?xﬁﬁahlg I§‘F§5|“Bntol ow
the outside of the speech encoding device 11.

[0050] The speech encoding device 11 functionally includes a
15 frequency transform unit la (frequency transform means), a frequency
inverse transform unit 1b, a core codec encoding unit 1¢ (core encoding
means), an SBR encoding unit 1d, a linear prediction analysis unit le
(temporal envelope supplementary information calculating means), a
filter strength parameter calculating unit 1f (temporal envelope
20 supplementary information calculating means), and a bit stream
multiplexing unit 1g (bit stream multiplexing means). The frequency
transform unit la to the bit stream multiplexing unit 1g of the speech
encoding device 11 illustrated in FIG. 1 are functions realized when the
CPU of the speech encoding device 11 executes the computer program
25 stored in the built-in memory of the speech encoding device 11. The
CPU of the speech encoding device 11 sequentially executes processes
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frequency conponents different fromthose anal yzed when aH(n, r) are
obtained to obtain | ow frequency |inear prediction coefficiénts alL(n,
different fromau (n, r) (linear prediction coefficients according to such
| ow frequency conponents correspond to tenporal envel ope 25i nformati on, and
is the sane in the first enbodiment as in the below). The |inear prediction
analysis to obtain at (n, r) is perforned on |low frequency conponents that
satisfy 0-1(<1(x. The linear prediction analysis nay al so be perforned on a
part of the frequency band included in a section of Oc<kx. [0054] The

filter strendphogasemfronr SiealSall tot $tepg SaTi) tlludtratédin ehafipvehart ®f G i zes t he
| i near prediction coefficients obtained by the |inear prediction analysis
unit le to cal,chyatxecatingl ther compaitent progragheoerby tuséng ithe efreguansygt h

par anmet er corresponds to tenporal envel ope supplenentary information and is

the same in tHRISTPRE LR the Bt sEeam mHEpkaeeywnlt fcdlbstated intddl. sas) . A
dicti | is fi 10 | cyl ated f. H , . Th 't hod
o e Tom oo i), 890 LY ST OB L) The 00
e S B o A

oredi i1 on 95,0 - eled 5 6!l A SHAR LTEL Yo TORGAL b0 R ROOREG

par amet er K( i'S @ par aneter ncreases as I's increased, and

for exanpl e, i cording to the foll ow ng expression (1).
T, St eened o 2 apan T

Here, max (a, b)~I e maxi mum value of a and b, and mn (a, b)

i ndi cat es thaomsm] MHY \fieney BadTerm. kit JiaManaBizesi ﬂﬁlingﬁﬂ(ﬁgnél) )

20[ 0055] If (r) has beenh cal cul ated, K(r) can bé obtained as a paraneter
that i ncreasegcaige@(frgmi soutside edlsedspeetl decodagesdadcds 1) vis thecr eased.
In this case, for exanple, K can be obtained according to the follow ng

expred€i on ( 2gomiimicateon evice ngfl theGspedchGenedding)devi¢@)L 126y 0B8@d aK(r) is a
P A T I N o GV Bfletbank 1o obtan a Sigonl q (%, 1) in a QMF
domain (process at Step Sal). Tt is noted that k (0<k<63) is an index in
a frequency direction, and r is an index indicating a time slot. The
frequency inverse transform unit 1b synthesize a half of coefficients on
15 the low frequency side in the signal of the QMF domain obtained by the
frequency transform unit la by using the QMF filterbank to obtain a
down-sampled time domain signal that includes only low-frequency
components of the input signal (process at Step Sa2). 'The core codec
encoding unit lc encodes the down-sampled time domain signal to
20 obtain an encoded bit stream (process at Step Sa3). The encoding
performed by the core codec encoding unit 1¢c may be based on a speech
coding method represented by a CELP method, or may be based on a
audio coding method such as a transformation coding represeuted by

AAC or a TCX (Transform Coded Excitation) method.
[0052] The SBR encoding unit 1d receives the signal in the QMF

[\
LN

domain from the frequency transform umit 1a, and performs SBR
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tenpor al -envel ope of the high frequency conponents during the SBR decodi ng.
A value of the prediction gain wwth respect to the linear prediction
coefficients in the frequency direction is increased as the variation of
the tenporal envelope of a signal in the analysis interval 5 becones
sharp. K(r) is a paraneter for instructing a decoder to strengthen the
process for sharpening the variation of the tenporal envel ope of the high
frequency conponents generated by SBR, with the increase of its value. K(r)
may al so be a paraneter for instructing a decoder (such as a speech

d di devi P f 1 j t iati
of the Tempor angning BsE8 S PR BaF Rl de AL RO B R by 2R
ith the d f i I f ti

the br ocess 1 ARERE L el Hefhentl IRBAASIHE AR SBR SipBomekas Mo a
of transmtti riﬁfdﬂﬂa)tidnc’(rp@a@é&_stdt Ressalt). KChe ORI 8889 inddmatH)duiihet y of

time slots may be 15 transmtted.” To determ ne the Segifent of the tine

sl ots in whi clfrddiensgranéddme ualt K and tlse SBR eflcodihgiraethiod§ i@r bl SBRO use
information on tinme borders of SBR envel ope (SBR envel ope tine border)

i ncl udefl i n t hc8BRgsupjtl kdrent aeycribddoimmatetaih in,[ f@53ankifle) ai Biteraaneni t t ed
to the bit streamnmultiplexing unit I g after 20 being quantized. It is
preferabl e to "CERRITE26.404)E deacPing enbeder BBRI pary'.of time slots, for
exanpl e, by cal culating. an average of K(r) of a plurality of tipme slots r
bef ore quant i 28003h Tihe Lgar pradighionanaiysms intt kg Feceivgs: ibigengnalging

I | f ot I , K I b i ned, f h YSi I
I R U PO
A T A S i N R
cxarm! g 20 SRRl G448 L LOMAT% RSP a3
= mex( 0. i nchmioRAR 4G 65 11 8R80) ook kt $D)S)] 09BR nsferiny De

exclusively transmttec rnverse I'ter no orfmation 1 nc din
the SBR suppl egentlafeyr iptediciibhi omlleflesThe dadex T 1d Wih&@%‘lgﬁteﬁ]‘\p‘b‘#ﬁlpa” 4
or

General Audio Coding". 'In other words, K(r) is not transmtted the tine
slots for whiclirddton fiveraseub-sample of the signals in the QMF domain. A
covariance method or an autocorrelation method may be used for the
15 signal linear prediction analysis. The linear prediction analysis to
obtain ag (n, 1) is performed on the high frequency components that
satisfy k,<k<63 in q (k r). It is noted that ky is a frequency index
corresponding to an upper limit frequency of the frequency band
encoded by the core codec encoding unit 1c. The linear prediction
20 analysis unit le may also perform linear prediction analysis on low‘
frequency components different from those analyzed when ag(n, r) are
obtained to obtain low frequency linear prediction coefficients ay, (n, 1)
different from ay (n, r) (linear prediction coefficients according to such
low frequency components correspond to temporal envelope

25 information, and is the same in the first embodiment as in the below).

The linear prediction analysis to obtain aj, (n, r) is performed on low
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10 filter node information in the SBR supplenentary information is
transmtted, and the inverse filter node information (bs_invf node in

"I SO I EC 14496-3 subpart 4 General Audio Coding") in the SBR suppl enentary
i nformation need not be transmitted for the time slot for which K(r) is
transmtted. Information indicating that either K(r) or 15 the inverse
filter node information included in the SBR supplenentary information is
transmtted may al so be added. K(r) and the inverse filter node information
included in the SBR suppl ementary information may be conbined to handl e as
vector i nf or nfréduencyacdnpontarsmtiedtt saipyfyc 0dkal,.on THee lineat gsredidtiohhi s case,
the conbination of K(r) and the 20value of the inverse filter nbde

i nformation iamdlysiednpy tlie BBReippladet ar paiinodr tet fiequessy dend
restricted. [00591 The bit stream multiplexing unit I g nultiplexes the
encoded bit sinebuwledonlacsectionoli®ykcke core codec encoding unit Ic, the SBR

25K(r) cal oul A0AT Be FBeF SpeeUhapRapuiier GAICHAE UgHI Lol GF ivgmaes |, and
output s 2 mlLugl SXGg DL 81 Sap Gencotedulei hoxety oLy Sropmy I oug”
S27) oL 0000 5 o SRS YA aens PSSP SARHAAe day oo 71
e, “ahi o afgtn ottty eliMer? BRI PRl SRS Speech
P ogr am ( such e B o oo O e ated i
program (such np prog p gp
the flowchar tihef bElo&)4 process at Step Sa6). A prediction gain Gy(r) is first
10 calculated from ay (n, r). The method for calculating the prediction
gain is, for example, described in detail in "Speech Coding, Takehiro
Moriya, The Institute of Electronics, Information and Communication
Engineers". If a(n, r) has been calculated, a prediction gain G(r) is
calculated similarly. The filter strength parameter K(r) is a parameter
15 that increases as Gy(r) is increased, and for example, can be obtained
according to the following expression (1). Here, max (a, b) indicates
the maximum value of a and b, and min (a, b) indicates the minimum

value of a and b.
K(r)=max(0, min(1, GH(r)-1) ) (1)

20 [0055] If Gr(r) has been calculated, K(r) can be obtained as a parameter
that increases as Gu(r) is increased, and decreases as Gy(r) is increased.
In this case, for example, K can be obtained according to the following
expression (2).
K(r)=max(0, min(1, GH(r)/GL(r)-1)) @
25 [0056] K(r) is a parameter indicating the strength for adjusting the
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10 stored in a built-in nenory of the speech decoding device 21 such as the
ROM into the RAM The conmuni cation device of the speech decodi ng device 21
recei ves the encoded multiplexed bit stream output fromthe speech encodi ng
device 11, a speech encoding device |la of a nodification 1, which will be
described |l ater, or a speech encoding 15 device of a nodification 2, which
W Il be described |ater, and outputs a decoded speech signal to outside the
speech decodi ng device 21. The speech decoding device 21, as illustrated in
FIG 3, functionally includes a bit streamseparating unit 2a (bit stream
separat i ng mdgmpporalaenealepe ofdhe d@gbcﬁrmennﬁcompqxw%%dua@gdhnggﬂﬁans), a
frequency transform 20 unit 2c (frequepncy transform neans), a.low
frequency i r@&ﬁdm&diiﬁ-ﬂ’%lﬂe aathpspredigtion sain vih resrpst ey theeinearal

envel ope anal ysi,s neans a sign change det.ectj.ng.unit 2e, .a fjlter

St rengeh ad; JSEHG PO A ohe TATEI T, dUR O s g s e gh
frequency generating-pnit. 2 hi gh_frequency.generatin ans a i gh
frequency Ii n‘@i}at%ppggﬁ%{?rgﬁérﬂ%g@%u Jﬁn? Sig[,lznaml fhr?egl?aqfﬁl@d'h I i nverse
filtercunit 2j i e C d.leirc‘atnk it 2] L.gh,f :
adj ust |5ng ms\gtﬁnesc)o‘,i‘lnéag gﬁ?ﬁéar gl:je%/ﬁ %t %pon %%gfr‘yrum t Ehgt%rr%%ér@lgpg%vel ope
shapi ng mean 159P thé Gir8BLssafel SarfBhing? e Aniafioh! BAYRE rlrdyaY se
transform unis%tref%. ~The %Icﬁtr stsrseam sepfgr aftr‘}gﬁg euni t_aZ(g to an envel o%e shape
paranet er cal &iiepdpen8f tHa KighTretfuchbe cORRRMRN NSdASVEBR, HitH tHeust r at ed
in FIG3 5 are functions realized when the of the speech decoding
device 21 exei@ut@setdfeiwwhmerK@ agayaalset b edparantdier Bori instructingrory of
the speech decodi ng device 21. The CPU of the speech decodi ng device 21
sequenti al | y decedet é€sughr as esspescli deoodingedevico il Btte py&ikent theSprepesh11)
illustrated in the flowchart of FIG 4, by executing the conputer 10
progrdf (or biprushargening Hha veriaiam b phe sempprahienvelopeo of Haeehigh ope
shape paraneter calculating unit in illu ated in FIG 3). Mariqus types of
data requir edﬁﬁﬁu%cqﬂ@%?@t%‘?&ﬁjﬁ@ld Bt é@ m’lglh the, deqreaie Q%‘Segﬁeﬁ, dat a

generated by execut.in he computer programare all stored in.the built-in
nmenory such a%rwlﬁ@%dl&rﬂjvgﬁ%ﬁﬂ)gx?cﬂ@% dEORCH: 5&5%336‘5\15%5 21.

[ 0061] The bi S i i S e e 1] ed bit

st eam suppl | SO SR ERA R MkIcRS, TRARA X bafuihe Pk Bet gi ng
device 21 int 1 t g ter : i nfior mat i on,
and the encod%ﬁb?%ﬁiﬁlggn%(@efe?é%%hcﬁ:ggeg %%%%d' ngﬁﬁa@?%’g %%é)getf:é(r)des t he
encoded bit stragafitfRiceiTedefcrOd iR Bdmeitr 6RMSERR Abtsh Whidh & to
obtain a decoded signal including only the | ow frequency conponents
(process at Sgane Salye oAK(#)lk shivedpit isheeftealdlditogiseahfracharon wetibased on
the speech coding nethod represented by the CELP nethod, or nmay be based on
audi o codi ng bomler? 54 SBRenkaper (SBIR enexlapkr tinsf bordeChitedudedcint did on)

nmet hod. [0062& The frequency transformunit 2c anal yzes the decoded signal
BR supplementary information.

[0057] K(r) is transmitted to the bit stream multiplexing unit 1g after
20 being quantized. It is preferable to calculate K(r) representing the
plurality of time slots, for example, by calculating an average of K(r) of
a plurality of time slots r before quantization is performed. To transimit
K(r) representing the plurality of time slots, K(r) may also be obtained
from the analysis result of the entire segment formed of the plurality of
25 time slots, instead of independently calculating K(r) from the result of

analyzing each time slot such as the expression (2). In this case, K(r)

31



FP10- 0059-00 received fromthe core codec decoding unit 2b by using the
multi-division QW filter bank to obtain a signal IC *
-idec (k, r) in the QW domain (process at Step Sb2). It is noted that k
(0.1c563) is an index in the frequency direction, and r is an index

I ndicating an index for the 5sub-sanple of the signal in the QW domain in
the tenporal direction. [0063] The | ow frequency |linear prediction analysis
unit 2d perforns linear prediction analysis in the frequency direction on
gdec (k, r) of each tinme slot r, obtained fromthe frequency transformunit
2c, to obtai nmkpvbef caquiately fbi eramppe, edicotding todbé flolbwing eapeession, r)
(process at Step 5b3). 10 The linear prediction analysis is performed for
a range of 0<3d cHerer megpOndindigates an svgrage tranevhndhk sigmdn afeteded
signal obtained fromthe corg cqQdec decoding unit 2b. The linear prediction
anal ysi s nayTE§e§@ﬂ¥éﬂﬁ§§ﬂ5ﬁ QY&% )- of frequency band included in the

onporal vari & b/sh oroaRd CIgRET 1 HEAE (&m Gomiea Rl ube) rokbhe -
enporal vari on™o [ ? ro e
frrerguegcy transformunit 2c, and outputs it as a detection resuléaT(r). The
si gnal “change nay be detected, for exanple, by using the nethod ®€scribed

el o, 201, S ) BOIPPLENSNfy BRGSO LR 4l fnd oL
PNV 1) oL BB STRG 00U SR ppplen it st Gt e

in "ISO/IEC 14496-3 subpart 4 General Audio Coding". In other
words, K(r) is not transmitted for the time slots for which the inverse

10 filter mode information in the SBR sﬁpplementary information is
transmitted, and the inverse filter mode information (bs_invf mode in
"ISOMTEC 14496-3 subpart 4 General Audio Coding") in the SBR
supplementary information need not be fransmitted for the time slot for
which K(r) is transmitted. Information indicating that either K(r) or

15 the inverse filter mode information included in the SBR supplementary
information is transmitted may also be added. K(r) and the inverse
filter mode information included in the SBR supplementary information
may be combined to handle as vector information, and perform entropy
coding on the vector. In this case, the combination of K(r) and the

20 value of the inverse filter mode information included in the SBR
supplementary information may be restricted.
[0059] The bit stream multiplexing unit 1g multiplexes the encoded bit
stream calculated by the core codec encoding unit lc, the SBR
supplementary information calculated by the SBR encoding unit 1d, and

25 K(r) calculated by the filter strength parameter calculating unit 1f, and

outputs a multiplexed bit stream (encoded multiplexed bit stream)
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25a constant that satisfies O<a<l. P env(r)- a' Penv(r -1) + (1-a) p(r)
3.T(r) is obtained according to the foll owi ng expression (6) by using p(r)
and pe,wWmr), where 13 is a constant. ‘T (r)= max(1, p(r)Afi p
env(r)))---(6) 5The methods descri bed above are sinple exanples for
detecting the signal change based on the change in power, and the signal
change nmay be detected by using other nore sophisticated nethods. In
addition, the signal change detecting unit 2e may be omtted. [0065] The
filter strength adjusting unit 2f adjusts the filter strength_ 10 with
respect to atirqugh the eppunweigation deviee pbihe spgeddnencodingadevieedilct i on
analysis unit, 2d to ogtai§,ﬁﬁjusted | i near prediction coefficients aedj (n,
r), (process @ﬁogﬁﬁﬁn BEPSaPhe filter strength is adjusted, for exanple,

scoor 919 0 pBal o Ot 19 oXPr €551 0y BigtELI0 LR Shrsat
L0 )=, bl e Ia Ao o BB RbaTh ' SHORRAARE, Lo
to thesfol | oviQdRP RO 1 (Fysicllly tdlfided b EPY,dgROM! b RWfrr )y T (r)rn

communication device, and the like, which are not illustrated, and the

CPU integrally controls the speech decoding device 21 by loading and

executing a predetermined computer program (such as a computer

program for performing processes illustrated in the flowchart of FIG. 4)

10 stored in a built-in memory of the speech décoding device 21 such as
the ROM into the RAM. The communication device of the speech
decoding device 21 receives the encoded multiplexed bit stream oufput
from the speech encoding device 11, a speech encoding device 11a of a
modification 1, which will be described later, or a speech encoding

15 device of a modification 2, which will be described later, and outputs a
decoded speech signal to outside the speech decoding device 21. The
speech decoding device 21, as illustrated in FIG 3, functionally includes
a bit stream separating umit 2a (bit stream separating means), a core
codec decoding unit 2b (core decoding means), a frequency transform

20 unit 2¢ (frequency transform means), a low frequency linear prediction
analysis unit 2d (low frequency temporal envelope analysis means), a
signal change detecting unit 2e, a filter strength adjusting unit 2f
(temporal envelope adjusting means), a high frequency generating unit
2g (high frequency generating means), a high frequency linear

25 prediction analysis unit 2h, a linear prediction inverse filter unit 2i, a

high frequency adjusting unit 2j (high frequency adjusting means), a
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[ 0066] The high frequency generating unit 2g copies the signal in the QW
domai n obtained fromthe frequency transformunit 2c fromthe |ow
frequency band to the high frequency band to generate a signal gem (k, r)
in the QW domai n of the high frequency conponents (process at Step Sb5).
The hi gh frequency conponents are generated according to the HF generation
method in SBR in "MPE&GA AAC' ("I SO/ 1EC 514496-3 subpart 4 General Audio
Codi ng") [0067] The high frequency linear prediction analysis unit 2h
performs |inear prediction analysis in the frequency direction on gem (Kk,
r) of each oflindae gredietishofiter ugenek dterdpdnal temeclopghsliaping enesngener at i ng
unit 2g to obtain high frequency linear prediction coefficients aexp (n, r)
(process at chefitiept séding tmit 2, neest a grespicocy onvensaltyamisorins upir2or med f or
a range of kx.k..63 corresponding to the high frequency conponents

gener at ed by thee it girepme geparatingeweitaia g ami ¢nvEyoPg Gbeps pavametarear

fph F?iﬁ?? th L”qvaiéfl%h%é]htgﬁém“&ér&@%p%&{ deF ;@é iﬁ%?q%%i-ﬁrﬁu%‘s%t% Tt Cidmi n of

. . . it 2,
st do TSR B 000 08 BRI o
fol |l ow ng expep%%#egn&fﬁémg{l%%)p%gg}éiﬁa%(?%g r J)Dzﬁé P@ﬂé‘g?ﬁﬂgﬁrﬁe"?ﬁl‘& edi ction

| nver se 1111 it BoBHRRRAAL T8I, MIRTERIEBELA SER Lok WRGic eduency

towards a co Icrent at “a higher frequency, or _ _ rmed 1n the
opposi te diregf 's@@uen-ﬂhﬂ)ﬂ Eﬁ&ﬁlﬁedog%’deﬁééso(}nbﬁé’s%%%&m' SRpl 881119 StePpr OCeSS

for tenporarily flatteni'ng the tenporal envel ope of the high frequency
conponents, bR#NEllubated in the flowchart of FIG. 4, by executing the computer
10 program (or by using the bit stream separating uﬁit 2a to the envelope
shape parameter calculating unit 1n illustrated in FIG. 3). Various
types of data required to execute the computer program and various
types of data generated by executing the computer program are all
stored in the built-in memory such as the ROM and the RAM of the
15 speech decoding device 21.
[0061] The bit stream separating unit 2a separates the multiplexed bit
stream supplied through the communication device of the speech
decoding device 21 into a filter strength parameter, SBR supplementary
information, and the encoded bit stream. The core codec decoding unit
20 2b decodes the encoded bit streamn received from the bit stream
separating unit 2a to obtain a decoded signal mcluding only the low
frequency components (process at Step Sbl). At this time, the
decoding method may be based on the speech coding method
represented by the CELP method, or may be based on audio coding such
25 as the AAC or the TCX (Transform Coded Excitation) method.

[0062] The frequency transform unit 2¢ analyzes the decoded signal
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25t enmpor al envel ope shaping is perfornmed at the subsequent stage, and the
| inear prediction inverse filter unit 2i may be omtted. It is also
possible to performlinear prediction analysis and inverse filtering on
outputs fromthe high frequency adjusting unit 2j, which w | IFpeodesscpded
| ater, by the high frequency linear prediction analysis unit 2h 5 and the
| inear prediction inverse filter unit 2i, instead of performng |inear
predi ction analysis and inverse filtering on the high frequency conponents
of the outputs fromthe high frequency generating . unit 2g. The |inear

predi ction coéeeivededtamudbe eore tonderi mlespdinge dinit | 4h i%brvéwy&fthet ering

Ry 2150 be. 2980 sl OMR e Do § B BB o QN ™
L Leri o, Y e bl LRI B oL oD COSEl e B aokd B d)
sLrenoLh ad) USL AR RET LI SRESTCLITL L ABLA N RRPIRERRST o1

(n r)'SK(f)”(éu*olsa:ﬁ%y ) th[:%%xgr il fife ngbhﬁﬂﬂﬁ?%t%ﬁip&ﬂ %ﬁfﬂ# 2]

adj usts the frequen ara Istics and tonality of ‘the equency

conponent s 01‘3&(}%32@1:@40& rﬁéﬂd&ﬁ@{|lir[b%ﬁ_rpr@di%ﬁbﬁté.rﬁgys!i@\{ﬁ]ﬁts,@dfpérf&{nsun' t 2i
(process at ep Sb8). The adjustinent i's performed according to the SBR 20
suppl enent ar ylin¢drqregiction anabsiviedht ferquehey kitection @ansefarpof egchuni t 2a.
The processing by the high frequency adjusting unit 2] is perforned
according to tide dof yeobrened fionethe fregBRdyirdindeE® vblCg, tarndtiia ladj ust ed by
performng |inear prediction inverse filtering in the tenporal direction,
the gai n adj ubequency hmepripiedictionecogdidcientsnasenin2b) (Bosssgrat Step 9. QWF
domain of the high frequency band, The details of the processes in the

st eps Moscr | bERCbaR B Ui VR 1 1 MSIVPIRG. GRS MpaEt < General |
frequency ggn%‘?%‘?ﬁpr?& t%0 Fh ST t@ﬁ@“ﬂﬁgﬂ 0% &@éu‘i@?&@egoﬁlg’é‘?' Agtaned 2j al Ig

0. 5 Er0H0RY ti bt alR GEGRREE ol 20T I (e pERIERSS AddiysieTT |

P eatoncy conHal R Serfirhed bAG it O refhERARAN BEIREE AMORIGHOF

the high freqpepgy adjusting unit 2j, by using aadi (n, r) obtained from
the filter strengt’h adjusting unit 2f (process at Step Sb9). The transfer

i5 [0064] The signal change detecting unit 2e detects the temporal
variation of the signal in the QMF domain received from the frequency
transform unit 2¢, and outpuis it as a detection result T(r). The signal
change may be detected, for example, by using the method described
below.

20 1. Short-term power p(r) of a signal in the time slot r is

obtained according to the following expression (4).
63
9
p(r) =2, |94 (k. 1) ~=(4)
k=0

2. An envelope pe(r) obtained by smoothing p(r) is
obtained according to the following expression (5). It is noted that o is

25 a constant that satisfies O<a<1.
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10f unction of the linear prediction synthesis filtering can be expressed as
the follow ng expression (11). 1 1+ Laadj(n,r)z-" n=1 By -
perform ng the linear prediction synthesis filtering, the |linear prediction
filter unit 2k shapes the tenporal envel ope of the high 15frequency
conponent s generated based on SBR [0071] The coefficient adding unit 2m
adds a signal in the QW domain including the | ow frequency conponents
output fromthe frequency transformunit 2c and a signal in the QW domain
i ncluding the high frequency conmponents output fromthe |inear prediction

filter unit 2k, 20 and outputs a,signal, ifq the Q VlTsdonmain including both
t he | ow frequen@engzﬁsdﬁeﬁ?'sp@aﬁi(ﬁﬁﬁi‘bﬂf?éaérﬂtraorrponentsﬁb process at
Step Sb10). [0072] The frequency inverse transformunit 2n processes the
e T P GO P e st
using a synt hési s . : ode
speech signal,-i-ncl udi.ng .bpth the,l ow,f.r equen conponent s obtai ned by the
core codec del?%H?lﬂéngﬁcF mt(})gtheiféﬁdéﬁ%?né onents generated by SBR and

whose tenporal envel ope is shaped by the linear prediction 5 filter is

obt ai ned, and the hne h S put ))50 out si. t he speech
decodi ng devi ce Zlg?ﬁfgug efg ﬂ?ﬁ(/g) ngp' n devi ce”(process at
Step Sb1l). If K(r) and the inverse filter node infornmation of the SBR

suppl egentary i nf ormptinefhddedektfiBEd hBovd & diffpld 448@mphesstoRRRtdctthgCener al

Audi o Codi ng" are exclusively transmtted, the 10 frequency inverse

transfor m unitheigmechgapehased bnvike shahgt i pomedeand iy sighabohafget he SBR
suppl ementary information for a tine slot to which K(r) is transmtted but
the inverse finkyebe ndetectedf bymasingn ottiert neorSBsOshiphtated nnathodsnf dmnat i on is
not transmtted, by using inverse filter npbde information of the SBR

suppl enent ar yadditientheisignahichinge detecting unit 2e may be omitted.

[0065] The filter strength adjusting unit 2f adjusts the filter strength
10 with respect to ag. (n, r) obtained from the low frequency linear
prediction analysis unit 2d to obtain adjusted linear prediction
coefficients a, (n, r), (process at Step Sb4). The filter strength is
adjusted, for example, according to the following expression (7), by
using a filter strength parameter K received through the bit stream

15 separating unit 2a.
aac{j (?‘l, r) = adec (nﬂ r) ) K(r)" (1=n=N) ""'(7)

If an output T(r) is obtained from the signal change detecting
" unit 2e, the strength may be adjusted according to the following

expression (8).
n <p<
20 aaaj (n: T') =d,,. (n, 7’) . (K(?") . T(i’)) (1=n=EN) —(8)
[0066] The high frequency generating unit 2g copies the signal in the

QMF domain obtained from the frequency transform unit 2¢ from the
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15 respect to at least one tine slot of the tinme slots before and after the
time slot. It is also possible to set the inverse filter node information
of the SBR supplenmentary information of the time slot to a predeterm ned
node in advance. The frequency inverse transformunit 2n may generate K(r)
for atinme slot to which the inverse filter data of the SBR 20

suppl enentary information is transmtted but K(r) is not transmtted, by
using K(r) for at least one time slot of the time slots before and after
the tinme slot It is also possible to set K(r) of the tine slot to a

pr edet er ni nedovafigguenryaanthtethetnghtireaneasy pandergsactateasfignahQugi t 2n may

al so determn ether the transmtted,information is K(r) ,or 25the inverse
fTrer node. | s &1 RehecRM otk e fﬂbeﬁréﬂ%w SOMBPRERLS EPOCBESE on

i nformation ixdi catd.ng t.her. K(r) or the inverse filter node information
of Lhe SBR ‘suSEPATER: ST SRS FECEBRY corioanbfi e ety S i @ at: on 1
~of First-Enbogdi )-FILG,5 is diyagr-amg4 ! Fushratd di fi4 Lon (speech
encoding 5 (th’\eilwgﬂ;t 1@&1)“351‘011 H%&?Bgeﬁ%a%%%om nmgﬁ%é&ﬁo#dﬂmg t he
first enbodi _ i i ha physically includes a CPU,
a ROM ga RAMNF%QC%%-T%ER?%? f@ﬁﬁéj&@?&%@ﬂ) gﬁgh{gﬁ% l'i ke, which are not _
Il lustrated, @0@79 e Ridh REGEERNY MnsanbrealtidnhanaADgeahie ARG gntevice |1 a
by | oadi ng and executing a predeterm ned conputer program 10 stored in a
bui I't -i n menofiyeRfpredietiseaalytntotefedrvce aliftatistdh 43, @h)e) BBAdnto the
RAM The conmuni cati on device of the speech encoding devi.ce 1 1 a receives
a speech si gnaf tHedirne shots ogedefatedrbpuhs high fiequapnegdmeratingiung 2pett ce 1la,
and outputs an encoded nultiplexed bit streamto the outside of the speech
encodi ng devi cltafinhigh fréqugreyizjear predipbien isoefftiehitn gag (v Hdpideass als
illustrated in FIG 5, finictionally,includes a high frequency inverse
t r ansfl8r m uni BtepnSb@). shbhe lipeampiseition: analypistis rf@rf%ﬂl’tedl for (& emgsr of

envel ope supp] e ary informatijon cal ating neans), a filter strength
par amet er cal féxﬁ%%n@rmﬁppnﬁmg f@t@@éﬁ%ﬁf#fwe B SRS RREERIE 0% or nat i on
cal cul ating 0 ,me and a bit. stre mul tiplexing unit Igl (bit stream
mul ti pl exi ng %&Jﬁ&ﬁf%%&?%&eg?labﬂgqm%r prediction analysis unit |le, the
filter streng r t i oL t4e hi r
mul £ pl oxi ng (R B tiRE "B bl Fler 30 13° rbbford! B8e

nul ti pl exing 'd‘i?ticﬂi if@gsd NfesA fﬁ@aﬁﬁlﬁ?@cfdﬂi&?ﬁén% é—@fgn-ﬁh?n tnequency

transform 25unit la to the SBR ehcodin he hi gh frequency inverse

transfigun uni QNIR, dbhgishef tthé ehighp defuchiy Chdral idesiettted by ithet Regif i | ter

frequency generating unit 2g, using a., (n, 1) as coefficients (process at

Step Sb7). The transfer function of the linear prediction inverse filter

can be expressed as the following expression (9).

N
f(z)=1+ ; Ao (M, 7Y —-(9)

20 The linear prediction inverse filtering may be performed from a
coefficient at a lower frequency towards a coefficient at a higher
frequency, or may be performed in the opposite direction. The linear
prediction inverse filtering is a process for temporarily flattening the
temporal envelope of the high frequency components, before the

25 temporal envelope shaping is performed at the subsequent stage, and the
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strength paraneter calculating unit |Ifl, and the bit stream nultipl exing
unit Ig 1 of the speech encoding device 1 la illustrated in FIG5 are
functions realized when the CPU of the speech encodi ng device |l a executes
the conputer prograni stored in the built-in menory of the 5 speech
encodi ng device 11 a. Various types of data required to execute the
conput er program and various types of data generated by executing the
conputer programare all stored in the built-in nmenory such as the ROM and
t he RAM of the speech. encoding device 11 a. [0075] The hi gh frequency

i nver se trandingan piediction feystae diltem ainit] @1 gpay 1 h@japittedef Jtnis alsgnal in

uhi ch cor ¢ oSpRTBLG (PHETRH AERLHY CORRORLITS B GBUEAC L3 ITHES OB o codec
Synchesi's. 111 upuisBork PR, SETeRRS o ARk PRk, 2 AR HILEE oniy cne
di vi des. tho HESR0 PrEOMBRCY i hieH PRy Rl PREUGR RUVBIL AR o e
he poner - anr T T B o e R P PR e

power may al sighde @@ﬁféﬂo@t ﬁ%a\lﬂ@_ﬁ@oirﬂj Mgverge HRring bAWhe thiekPfregsdy 20(12)
by using the signal in the domain. 63 p(r)="E q(k,r)I2---(12) k=0

[0076] The fitdmpomditendthe pa tfieym ¢ht Giglaficqgency pederbtingdatréicg. t he
changed portion of p(r), and determ nes a value of 1((r), so that I((r) is
i ncreased wi tTih¢ fimehn prrelictiamn geefiithenty aisee fof thg hnearf predestampinersean
filtering may also be agec (1, 1) Or 8,4 (0, 1), instead of ag, (0, 1). The
10 linear prediction coefficients used for the linear prediction iﬁverse
filtering may also be linear prediction coefficients acuqq (n, 1) obtained
by performing filter strength adjustment on ae, (n, r). The strength
adjustment is performed according to the following expression (10),
similar to that when a,q (1, r) is obtained.
15 Do ad (n,r)= . (n,r)-K(r)" 1=ZnEN)  _(10)
[0069] The high frequency adjusting unit 2j adjusts the frequency
characteristics and tonality of the high frequency components of an
output from the linear prediction inverse filter unit 2i (process at Step
Sb8). The adjustment is performed according to the SBR
20 supplementary information received from the bit stream separating unit
2a. The processing by the high frequency adjusting unit 2j is
performed according to "HF adjustment" step in SBR in "MPEG4
AAC", and is adjusted by performing linear prediction inverse filtering
in the temporal direction, the gain adjustment, and the noise addition on

25 the signal in the QMF domain of the high frequency band. The details
of the processes in the steps described above are described in "ISO/IEC
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al so be cal culated by the sane nmethod as that of calculating T(r) by the
signal change detecting unit 2e of the speech decodi ng device 21. The

si gnal change nay al so be detected by using other nore sophisticated

met hods. The filter strength paraneter calculating unit 111 may also 5
obtain short-term power of each of the |ow frequency conponents and the
hi gh frequency conponents, obtain signal changes Tr(r) and Th(r) of each of
the | ow frequency conponents and the hi gh frequency conponents using the
sanme nethod as that of calculating T(r) by.the signal change detecting unit

2e of the spet4Ptadevbpag 4énnesal2Audih§oding et F Meneriberk abareethsr K(r)

the Tol | owt ndeRAMET SR gt o e Bighh fieudig: Snereiin oad Zgnd ' ' °
= 0, .h - .- == (13)..[.00 di fi . f o

Erbodi ment ) 108 TBadRERE dig e bt Hd ot g rhbRipe dp R SAR T cat i on

conmuni cat | ordored TP CEu e d ) MRIBCTIOEH TN ed, and ¢

comuni cation \ are not ill"ustrated, and the CPU
integrally C@bﬁ@ﬂ ?I’Hehﬁnéaﬁ-egfééii&itﬁ?(iﬂtw SRy 88 peffolie [TRGThkaidin 2 by
| oadi ng and ecuting a predeterm ned conputer programstored 1n 20 a

bui I't-in memogpntidsid MEtGRREGH BRC FiqiendeVvikectdn tdie aTeaph i faghaity2 such as
the ROMinto the RAM The conmuni cation device of the spéech éencodi ng

devi ce of thecarpgohdmtaig,ph,2) refcekisenl dn the €S damain bathe fasoted from
out si de the speech encoding device, and outputs an encoded nmultipl exed bit

stream to t hehight eqieenoly adjestageectt 2nbydisigg 264 6vi W eobtaip@d 7BdniTthe speech
encodi ng device of the nodification 2 functionally includes a |inear

prediction coliter strengthdadivstiegtundl 28ripsacasg ainStep( BbApor he dransferpe

suppl ement ary_i nf,oi mat i on. cal cul gti.ng neans) d.a bit _stream mul'tipl exing
unit @Bit st rﬁ@ﬁlﬁﬂ{% tbpgmqaap RUYN spthests 5@%@&@@1% exarperediasom t he

| i near predi Ctl'ni[qgt?) coefficient. di ii erential encoding unit, which are not

i lustrated, TGsOHGY RS eXHEs$ion{d)) st rengt h parameter calculating unit if
and the bit streamnul ti §I exing unit Jg of the speech encoding device 11.

The frequency transf %'Srz nm=t—a to the linear prediction analysis unit |e,
the linear predictio officiei 10 differential enc_Qg(iclqg unit, and the
h ite

bit stream multiplexing unit]gf e 3&%9;1?@580& ng dev of the
modi fication 2 are Unctions reaf#ed®when the CPU of the speech encoding

devi ce of the nodification 2 ex&Cutes the conputer programstored in the
built-in nenmory of Bheegbaenly tiedudangrediviios sohtiiehie fitedidd, ¢hé 1i08ar2.
Various types of data 15 required to execute the conputer program and
vari ous typesprdictain fjtarennit e?k bshapre dhei tegnpdral cmveldper oprthgr highare al |
stored in the built-in nmenory such as the ROM and the RAM of the speech
encodildg devi fequenayneompendrits genesategl based on SBR.

[0071] The coefficient adding unit 2m adds a signal in the QMF domain
including the low frequency components output from the frequency
transform unit 2c and a signal in the QMF domain including the high
frequency components output from the linear prediction filter unit 2k,
20 and outputs a signal in the QMF domain including both the low
frequency components and the high frequency components (process at
Step Sb10).
[0072] The frequency inverse transform unit 2n processes the signal in

the QMF domain obtained from the coefficient adding unit 2m by using
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[0079] The linear prediction coefficient differential encoding unit 20
calcul ates differential values ap (n, r) of the linear prediction
coefficient according to the follow ng expression (14), by using an (n, r)
of the input signal and aL (n, r) of the input signal.
ap(n,r)=a-1(n,r)-aL(n,r) (1n -SN) ---(14) [ 0080] The |inear prediction
coefficient differential encoding unit then 25quantizes an (n, r), and
transmits themto the bit streamnultiplexing unit (structure correspondi ng

11 L e R Wtk Wit S8 D AR .
ut |11 - commkeEhEIEOR| HEULbE bEBeHH 198 SHaUER I CoBRTRG aPEact R
1ot 2 20 0 ERETRAL LS 8 0 P S o BB Br Y 311,
dovi ce of ey Fed Pihsh e S RGP RGPSt G By byt IecraBRIRRC Sy

conput gr pfoﬁf‘il@éﬂi§td?:gﬁﬂ%%ﬁarﬁiﬁwéﬁtaﬁéd £ sinal REoERALENOHRERAHRY devi ce

of the nodification such as the into the RA The communi cati on

device of thepspeechcodingdievdcsati heo@th tiebillein cepimeticatiheceyices the
encoded nultiplexed bit Stream output Tromthe speech encodi ng device 11,

the speech engesitesy adSwcsbhh). adfdd(d) med tie inhverseofiités matie dnfokmationt he
speech encodi ng device according to the nodification 2, and outputs a
15decoded spexcthes$BRasunplenertany irsfodmatipn tdescdped o "HHO0HCHh §44e6-3ce.

[0082] The speech decoding device of the nodification 2 functionally

i ncl udes a | i wopartpdedieneran Asskier Coding” arg raxcduively tenwmitiag, udiet, whi ch
IS noﬁ] iIIust%ated, i hst ead of fthe filter strength adj ustigg uni t, 2f of the
speechOdecodi HglufRyCEIVEISe ARSI Wit RNMIS¥pRTIEE RISQINYRISE BHeE madse 20

Zihfg?;'r et ab BEGBRRHY. 041 b S wiRtTamatry BhEERE OBt Bend e 2 to
gh: ﬁﬁ??i?é{w@%@iﬁﬁﬁ%{f%ﬁ% SR e uheg el RECRS RO R ° ©
Er R A s A o S R

filter mode information of the SBR supplementary information with

15 respect to at least one time slot of the time slots before and after the time
slot. It is also possible to set the inverse filter mode information of the
SBR supplementary information of the time slot to a predetermined
mode in advance. The frequency inverse transform unit 2n may
generate K(r) for a time slot to which the inverse filter data of the SBR
20 supplementary information is transmitted but K(r) is not transmitted, by
using K(r) for at least one time slot of the time slots before and after the
time slot. It is also possible to set K(r) of the time slot to a
predetermined value in advance. The frequency inverse transform unit
2n may also determine whether the transmitted information is K(r) or
25 the inverse filter mode information of the SBR supplementary

information, based on information indicating whether K(r) or the
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nodi fication 2. Various types of data required to execute the conputer
program and various types of data generated by executing the conputer
programare all stored in the built-in nmenory such as the ROM and t he RAM
of the speech decoding device of the nodification 2. [0083] The |inear

predi ction coeffibient differential decoding unit 5 obtains aad; (n, r)
differentially decoded according to the foll ow ng expression (15), by using
at (n, r) obtained fromthe |ow frequency |inear prediction analysis unit
2d and ap (n, r) received fromthe bit_ stream separating unit 2a.

aadi (n, r ) =addayeuse filkerapade jinformatign-qfithe SBRopmplempatary aeformstion: ct i on
coefficient differential decoding unit transmts aadi (n, r) differentially
decoded in t HP&3Ra@AEed-t o the |inear prediction filter unit 2k. ao (n, r)

T ust rated (007 Ab Eosketioon o it BiRooRERE Conver ing prediction
coefficients to th tque expression f(EJr 15 &i s/ LSP Iéi near . Spectrum
ai 1), 5P (1 mmi t ¢ ShCe e per ety tida G & et 8bency) . | oF
& val ud 1 aki e el 86 488 Perg Bt b USRS, actofihg, B pelfirl) ™ P

decodi ng al S%rﬁaédigtﬁtsaqﬁee@%ﬁgﬁ;énggggg]&vﬁe[ﬁ%ghyéiéﬁwﬂdﬁa@@qi ment )

FIG 6 is a diagra lustra encodi ng device 12 according to a

second enbodi OBRW, a ROBISPRIAN, aneashnngicdeivh GRvick, Rhd she dikbywhitt aiges a CPU,

a ROM a RAM a communi cation device, and the |ike, which are not
illustrated, motdiltusaratdd)) anal dgr AR iatepraldy codbidhe thp epebclernodidimg devi ce
12 by | oadi ng and executing a predeterm ned conputer program (such as a
conput er progdewicd dta by loading and executing a predetermined computer program

10 stored in a built-in memory of the speech encoding device 11a such as
the ROM into the RAM. The communication device of the speech
encoding device 1la receives a speech signal to be encoded from
outside the speech encoding device 1la, and outputs an encoded
multiplexed bit stream to the outside of the speech encoding device 11a.

15 [0074] The speech encoding device 1la, as illustrated in FIG. 5,
functionally includes a high frequency inverse transform unit 1h, a
short-term power calculating unit 1i (temporal envelope supplemnentary
information calculating means), a filter strength parameter calculating
unit 1fl (temporal envelope supplementary information calculating

20 means), and a bit stream multiplexing unit 1g1 (bit stream multiplexing
means), instead of the linear prediction analysis unit le, the filter
strength parameter calculating unit 1f, and the bit stream multiplexing
unit 1g of the speech encoding device 11. The bit stream muitiplexing
unit 1g1 has the same function as that of 1G  The frequency transform

25 unit la to the SBR encoding unit 1d, the high frequency inverse

transform unit lh, the short-term power calculating unit 1i, the filter
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perform ng processes illustrated in the flowhart of FIG7) stored in a
built-in nmenory of the speech encoding device 12 such as the ROMinto the
RAM The conmuni cati on device of the speech encodi ng device 12 receives a
speecif signal to be encoded from outside the 5speech encodi ng device 12,
and outputs an encoded nultiplexed bit streamto the outside of the speech
encodi ng device 12. [0086] The speech encodi ng device 12 functionally
includes a linear prediction coefficient decimation unit |j (prediction

udes a Iinear pi fi | e ] to
it Lk 10 (Reon: PRREenEdiey Bk AL 1P S e SPEA Ao o

mul ti pl exing i t1§498f i ngéédheéﬂ&dﬂihgi g N9a"BRBEAted S FRad 50hret he
filter strength paraneter calculating unit if and the bit stream

nul ti pl exi ng fuktiohd redlizedewbpgehb E€RTDAIMHe dpebele ehtodihizedéviegudncy
transformunit la to the linear prediction analysis unit 1 e (linear

predi ction arsdeyates theaosjiputeneprogfarhisterd pr ¢k duiloan anedfioirg i cfnthe
decimation unit 1j, the linear prediction coefficient quantizing unit |k,
and thé bit sﬂpeeeﬂmenumdmglc’@mwgllmi t Vamousfypeh of siaterdquanedddiengedievi ce 12
illustrated in FIG 6 are functions realized when the CPU of the speech
encodi ng devi®e COMpIRET pragamand RS DEP 64 data sensragdi by execubing t - i n
menory of the speech encodin 20 .device.12. The CPU of the speech encodi ng
devi ce 12 secdERATAPYET PR eyfﬂﬁé@% in T BUHLE Do SEASHe (o Step

Sa5, and pro s _fir | to Step 5¢3) jllustrated in the flowhart
of FIG 7, bﬁ@iﬁ@ﬂﬁﬁ%@ﬁ%ﬁhﬁ@ﬁ%?ﬁ%@ﬂ%@gymﬁ 1&si ng the frequency
transform uni he |4, redi Gl Sj. S, Uy t hg. | i near
predi ction 25 gééri@%e%?&ae%gﬂehcgnﬁg&neﬁ%é %ﬂ?@l?ﬁéaﬂpﬁeﬁ%% i%lr? )
coef fijgi ent otk s | ng, t QSHFS i Jale s jt 192 of
t he %geech encocﬁnﬁelg[gl)@(iled\j‘?(lt:%3 f;g[ﬁqll ﬂlsttpgte |nﬁéﬁ%%6 .%Pi ﬁjdgﬂtgiges of
data requi redﬁé@l&%@(:ﬁﬁﬁsfohﬁ AP evitRaoT aghiRRdcoaédpomd to/ReS 18k data
cutin

generated by ex g the conputer programare all stored in the built-in
menory such afediendf@drapchdnitecifddedl by tie speandeeraocdding wbdeve,cadl 2.
processes the coefficients by using the QMF synthesis filter bank to
obtain a time domain signal that includes only the high frequency
15 components. The short-term power calculating unit 11 divides the high
frequency components in the time domain obtained from the high
frequency inverse transform unit 1h into short segments, calculates the
power, and calculates p(r). As an alternative method, the short-term

power may also be calculated according to the following expression

20 (12) by using the signal in the QMF domain.
63 5
p()=>lgtke,r)[ a2
k=0
[0076] The filter strength parameter calculating unit 1fl detects the

changed portion of p(r), and determines a value of K(r), so that K(r) is

increased with the large change. The value of X(r), for example, can
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[0087] The linear prediction coefficient decimation unit |j decimates aH
(n, r) obtained fromthe |inear prediction analysis unit le in the tenporal
direction, and transmts a value of aH (n, r) for a part of time slot r,
and a value of the corresponding 1-1, to the linear prediction coefficient
10 quantizing unit Ik (process at Step Scl). It is noted that O.c.i<Nils,
and Nts is the nunber of tinme slots in a franme for which aH (n, r) is
transmtted. The decinmation of the |linear prediction coefficients my be

Ponuni f or m 4160 PAGelSpALeR RIce GRIBIeE Y &t st g eI B 1) (7, ). For
Frame. havi ho SEGRrPERES BRGNS U RKOS BRFech, CoopUing CoFR Rl GHIDS oxceeds
hec! | nea e Goby Pls R BB ybbe ARRE BTG BP0 of
For 20t he ¢i MBCIE: ar nr SRe e HebmrEisrcodleuinB Bl 151 nbf SRe05aT The
| i near spr ed Céﬂtﬁhnéeigﬂj{-gérg%?ﬂ%eﬂ%%'Ha'bﬁdﬂh%rlb{;v hléq?%a?ag ji?ﬁ?oﬁ&?ts%gﬂi mat ed

hi gh frequency ction coefficients aH eceived fromthe

l'inear predi Cﬂlbgﬁgﬁ%hﬁbﬁ&}eaémggﬁém} émairpﬁ'gha11cﬂm@e§l11r@25ﬁ@srlf(f) &f the
corresponding tine slots, and transmts themto the bit 25stream

mul ti pl exi ng ¢aeht o¥gZhd ploee efrsquwéncst epngschientPsarah ikt diglat fregueioyuct ur e,
i nstead of quantizing aH (n, r,), differential values alp (n, r1) of the
| i near predi ctarmpomeres fusirgethes samy rhethpdamt ilzsdofasalvhlatingeBeh bynthedi ng
devi ce according to the nodification 2 of the first enbodi ment [0089] The
bit stream msignpl eingg dateetingyanihde: phHes speachedenoslbzgdevice 215 and eam

cal cul.ated by the core codec ding ynit l¢, the SBR suppl enmentary

i nfordftion céate ewﬁ&%ﬁg%&t@mg) Che ufﬁtfhlﬁ&,asea'arwfr?anw@s Bl of

time slots correspondi.ng,to ail (n,,ri).bein uant.i z and received from

the I inoar preth BE PBREGLAOET RO PUSTHEE GRPESSIR A3 b MG E 8 carm and

out puts the nul tinl lhitn Stream t hrough the 10communi cati on device of
A

t he speech en 2 (process at Step Sc3). [0090] FIG8 is a
diagramillustrating a speech decodi ng device 22

K(r)=max(0, € =(Th(r)-Tr(r))) -—@3)
[0077] (Modification 2 of FFirst Embodiment)

15 A speech encoding device (not illustrated) of a modification 2 of
the first embodiment physically includes a CPU, a ROM, a RAM, a
communication device, and the like, which are not illustrated, and the
CPU integrally controls the speech encoding device of the modification
2 by loading and executing a predetermined computer program stored in

20 a built-in memory of the speech encoding device of the modification 2
such as the ROM into the RAM. The communication device of the
speech encoding device of the modification 2 receives a speech signal to
be encoded from outside the speech encoding device, and outputs an
encoded multiplexed bit stream to the outside of the speech encoding

- 25 device.
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according to the second enbodi nent. The speech decodi ng device 22
physically includes a CPU, a ROM a RAM a communi cation device, 15 and

the like, which are not illustrated, and the CPU integrally controls the
speech decodi ng device 22 by | oading and executing a predeterm ned conputer
program (such as a conputer programfor perform ng processes illustrated in

the flowhart of FIG9) stored in a built-in nmenory of the speech decodi ng
device 22 such as the ROM 20 into the RAM The comruni cati on device of the

speech decod oo eaRR AR DU, MBS R mHALRER S SRl ptecT,
3' gnal to outgbdethe ﬁ@%ﬁfgﬁ)ﬁ%ﬁ?&ﬂiqngcé%?ﬁbi%gt 1 differentid O%ALbdihBe vrReech
ecodi ng device functionall'y includes a bit streamseparating unit 2al

(bit streams ' Eﬁ%@ ' inP6eHhdh O cEREhE fE d
i nterpol ati on&ée}gprag%o%flgti n%gﬁpﬁeﬂé%ﬁ%ﬁlnegr pr edi gti ongcrgng?r%?éliner?t

“inter pol ati oriexstreun atulgpleRERNDnit I atrbimeatulipteiingi Albaht) tthat unit 2k1
(tenporal envel ope shapi ng neans) instead of the bit stream separating unit
2a, thé | ow freegivescan ldutpar fionedhet insarapadystion woefficlent differsngalal change
detecting unit 2e, the filter strength 5 adjusting unit 2f, and the |inear
predi ction fi¢ncadingiunii2kwhithtdre spedbistrdtadydinsigadenfi the fiter Ftrengiht st ream
separating unit 2al, the caqre codec decoding unit 2b, the frequenc

transf or m uni paragieterealenlghng veabhagd denbit atiean twiltiplzgingueiid grofgh

coot 1 01 ont GO FRCosih chsiaer Houahed SoamERy, BRAHOTRAHAY bf 0 10 ¢ 2n

of "t he- specanBERo R ooy | SIS Fiths| Fafiel ek et diE YolbidRahe | 7
comuty: pr oo Rretontchook i JE AR PR VL ARG b AR IE R B
xecutes i he Bocncauo i RERE of Mhe IRGRHIAGORY &8, RACBRRTBIALY  ( om

Step SbS to Skeen I8, CPURRSIHE, seBeh ferRtl e BeWedlof theShapdifbhtidd 2

illustrated in the flowhart of "FIG 9, by executing the conputer program
(or by using theubed tixd compusepprapramgstondd i2ahe Wiik-inomenomagest decodi ng
unit 2b, the frequency 20 transformunit 2c, the high frequency generating
unit 2g to t hepdechherfaoding deyicadpfitiei mypdifdaticdy 2. t Mariousdgpepodiata i on
filter unit 2ki1, the coefficient adding unit 2m ¢the frequency inverse

t r ansflér m uni requitedatf ekpeuteithe spoppPeigr Grpevane gk variewt types of data

i nterpol ation/extrapolation unit 2p illustrated in FIG.8), Varjous types of
data requi redg@%ﬁr@@clll?ﬂee”fq?élt@gcg??p&P@PUBGFIOBF%EF?%&’IQ/%‘IF&@C yWBeslGhf  dat a

generated by gxgcutin cgrrj}esuch as the ROM and the RAM of the speech encoding

device of the modification 2.

[0079] The linear prediction coefficient differential encoding unit
20 calculates differential values ap, (n, ) of the linear prediction coefficient

according to the following expression (14), by using ag (n, r) of the

input signal and ay, (n, r) of the input signal.

ao(n,n)=au(n,r-ac(n,y) (1=n=N) -4

[0080] The linear prediction coefficient differential encoding unit then

25 quantizes ap (n, r), and transmits them to the bit stream multiplexing

unit (structure corresponding to the bit stream multiplexing unit 1g).
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conputer programare all stored in the built-in nmenory such as the

the RAM of the speech decodi ng device 22.

ROM and

[ 0092] The speech decodi ng devi ce

22 includes the bit stream separatingunit?2al,thelinearpredictioncoefficient

i nt er pol ati on/ extrapol ation unit 2p,
5 2k1, instead of the bit stream separating unit 2a,

and the linear prediction filter unit
the | ow frequency

| i near prediction analysis unit 2d, the signal change detecting unit 2e,

the filter strength adjusting unit 2f,

and the linear prediction filter

2 RS Al 8 By
comcaton S84, R1ch RgRRTSED AECRIR B e skt cobe e 1
S e B ST PSSP R L e
RE1 TS ot BRSO BADA b gt 2o

indices ri of
fromthe bit

par ati ng tarns an

cor r esgondi ngof ﬂletﬁfstteh{&dﬂn@hﬁngsimwﬂldlﬁ&eé hERy, ROV td RVIODSS fi cient's

are not transmtted, by interpo

I on or extrapolation (processes at Step

Sdl). The |i neshmuméctititin éevieeeddd eieetike2@ihidteapohat ilbustexsd, ape die on unit
2p can extrapolate the linear prediction

10

15

20

25

CPU integrally controls the speech decoding device of the modification
2 by loading and executing a predetermined computer program stored in
a built-in memory of the speech decoding device of the modification 2
such as the ROM ito the RAM. The communication device of the
speech decoding device of the modification 2 receives the encoded
multiplexed bit stream output from the speech encoding device 11, the
speech encoding device 1la according to the modification 1, or the
speech encoding device according to the modification 2, and outputs a
decoded speech signal to the outside of the speech decoding device.

[0082] The speech decoding device of the modification 2 functionally
includes a linear prediction coefficient differential decoding unit, which
is not illustrated, instead of the filter strength adjusting unit 2f of the
speech decoding device 21. The bit stream separating unit 2a to the
signal change detecting unit 2e, the linear prediction coefficient
differential decoding unit, and the high frequency generating unit 2g to
the frequency inverse transform unit 2n of the speech decoding device
of the modification 2 are finctions realized when the CPU of the speech
decoding device of the modification 2 executes the computer program
stored in the built-in memory of the speech decoding device of the

modification 2. Various types of data required to execute the computer
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coefficients, for exanple, according to the follow ng expression (16). r-ro
a Hn,r)=laH(n,rio)( _n_N) where r10 is the nearest value tor in
the tine slots {r,} of which the linear prediction coefficients are
transmtted. 5 is a constant that 25satisfies 04<1l. [0095] The linear
prediction coefficient interpolation/extrapolation unit 2p can interpolate
the linear prediction coefficients, for exanple, according to the follow ng
expression (17), where n3<r<riO+1 is satisfied. riotirr -rth -

all (n,r)y=all (n,rp+ all(1,r10+1) Coti CO+1 Co 5---(17) POOQG] The |i near

predi ction corPRrEnand Yaasjypes PoAraxaensseied iyorxasating 2he sappadeivert t he

(Li noar " Spect PosEi Y A1} Sprec i ARk S EBRR RBARY J1e RO iy
coet {1 o ent KRG Foecsh GRPHIISICE BF e Madlicaliobar s he obt ai ned
/ot or pol at ad. QP8R L BIoRA L larb Rt gt ol BeolRe il 4, ' ™
pr edi ¢ on syATAR) Su4 i B BRI (S Il 1 e

predi cti on COB{rb&iGRIT SHTbY NBikd RETE, R) REHEEENEDAN i Soll fibGortyi L 21 . 1
at) (n, ri) ismultiplexed into a bit streaminstead of am(n, r), the

linear predichher pedidtion enilysist enipcldiandnd i, npekcaivednfroni thepiper f or ns

the differential decoding simlar to that of the speech decodi ng device

accordi ng to sthemmedpdrating uait 2. of the fu-st enbodi nent, before
Aagi(N,r)=adec(n,r)+an(n,r), 1=n=N -(15)

10 [0084] The linear prediction coefficient differential decoding unit
transmits a,q (n, 1) differentially decoded in this manner to the linear
prediction filter unit 2k. ap (n, r) may be a differential value in the
domain of prediction coefficients as illustrated in the expression {14).

But, after converting prediction coefficients to the other expression form

15 such as ISP (Linear Spectrum Pair), ISP (Immittance Spectrum Pair),

LSF (Linear Spectrum Frequency), ISF (Immittance Spectrum
Frequency), and PARCOR coefficient, ap (1, r} may be a value taking a
difference of them. In this case, the differential decoding also has the
same expression form.

20 [0085] {Second Embodiment)

FIG. 6 is a diagram illustrating a speech encoding device 12
according to a second embodiment. The speech encoding device 12
physically includes a CPU, a ROM, a RAM, a communication device,
and the like, which are not illustrated, and the CPU integrally controls

25 the speech encoding device 12 by loading and executing a

predetermined computer program (such as a computer program for
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20perform ng the interpolation or extrapol ation process descri bed above.

[ 0097} The linear prediction filter unit 2kl perforns |inear prediction
synthesis filtering in the frequency direction on gag; (n, r) output from

t he high frequency adjusting unit 2j, by using all(n, r) being interpol ated
or extrapol ated obtained fromthe |inear prediction coefficient

25i nterpol ati on/ extrapolation unit 2p (process at Step Sd2). A transfer
function of the linear prediction filter unit 2kl can be expressed as the

emporal enyorapa i etioregn e BE BN CLER: H et e Rc"Se b,
Pl tor untt JoRing RS AR OR EOGHER R ME e, P Al FEROMLTC) Goo)
(Third Enbodipeftthe RAM. Firffe LebihfnichiRgy @E\r/]i'cbl Hﬁttﬁ%tsgﬁgc}?_eﬁ%gig% encodi ng

device 13 according to a third enbodi nent. The speec ncodi ng ce 13 10
physi cal Iy i nedvige) Jar&ivesniaRGMec RAMI g Cmenesdeal Ko dautkide, tiand t he

| i ke, which are not illustrated, and the CPU integrally controls the speech
encodi g devispeedd dncodoadidegicantl2 exed witpgtsaamprendeted mokiblecsdp biter
program (such as a conputer programfor perform ng processes illustrated in
t he fl owchar tstefanFt@lelgutsidereddhe speech=nsoiding devieeddry of the speech
encodi ng device 13 such as the ROMinto the RAM, The comuni cati on device

of the speech(886bdihegspreghcencoding clevices 14 Bpetienally dneludes apbinesicoded
Ul U1 pl exed. bPBGISHBarF Rl ERE oQeRmIaY EHS SHedereURMRR SGeEde 1
20[0099] The soeech BnGadhid ABNLSe plahltiae LoBilitt HAShHARS St GEPor @

10 (prediction coefficient quantizing means), and a bit stream multiplexing

unit 1g2 (bit stream multiplexing means), instead of the filter strength

parameter calculating unit 1f and the bit stream multiplexing unit 1g of

the speech encoding device 11. The frequency transform unit 1a to the

linear prediction analysis unit 1e (linear prediction analysis means), the

15 linear prediction coefficient decimation unit 1j, the linear prediction

coefficient quantizing unit 1k, and the bit stream multiplexing unit 1g2

of the speech encoding device 12 illustrated in FIG. 6 are functions

realized when the CPU of the speech encoding device 12 executes the

computer program stored in the built-in memory of the speech encoding

20 device 12. The CPU of the speech encoding device 12 sequentially

executes processes (processes from Step Sal to Step Sa5, and processes

from Step Scl to Step Sc3) illustrated in the flowchart of FIG. 7, by

executing the computer program (or by using the frequency transform

unit 1a to the linear prediction analysis unit le, the linear prediction

25 coefficient decimation umit 1j, the linear prediction coefficient

quantizing unit 1k, and the bit streamn multiplexing unit 1g2 of the
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envel ope calculating unit I m(tenporal envel ope suppl enentary information
cal cul ati ng neans), an envel ope shape paraneter calculating unit in
(tenporal envel ope suppl enentary information cal culating nmeans), and a bit
streamnmul ti plexing unit 1g3 (bit stream multiplexing nmeans), instead of
the Iinear prediction analysis unit le, the filter strength paraneter
calculating unit |If, and the bit streammultiplexing unit I g of the speech
encodi ng device 11. The frequency transformunit la to the SBR encodi ng
unit id, the tenmporal envelope 5 .calculating unit |m the envel ope shape
par anet er cal epReshiangodime device AAdllusteated in i Gethn MY BPERGE ISﬂﬁFQ 193 of
t he speech encodi,ng device 13 illustrated in FIG 10 are functi real i zed
when the CPU BRINHE & E5EHIE HhE AUBPUEY IR dnd. HEdeus RPSofbGREr pr ogr am

The 10 Qpégﬁa&i%%&ﬂ Py kot < ERBRRAL PR, Btk B el a0 7
(1 Ustrateo | HERG PratmaRers e RQYPAR HOARIET P ra Br BB oo am

(or by gusing H%CFrlgguency transformunit la to the SBR encoding unit id,
the tenporal envelope calculating unit Im the envel ope shape paraneter 15
cal cul ating !Jm087§%@ﬂﬂeérﬂﬁeéic&ioﬁtd&§ﬁ&i€ﬁi Heah@XoRamIni | ddahatds 4.ne speech
encodi ng device 13 illustrated in FIG 10). Various types of data required
to execute thenaywbtdiesd fioagttanindag pradictios ahyhss wiit detia tigerengiret by
executing the conputer programare all stored in the built-in menory such
as the ROM andirebigoiRAMdaiandmeits peabie ahao@, nyf@Gdesmit of tinde slod1,68)d arhe

t enporal envel ope cal culating unit Imreceives q (k, r), and for exanple,
obt ai ns terrpowal?lee@fetmp@omﬁmmdmgoh, eor thoflingse pregiction rasiigiecnbnponent s
of a Z\i&gnal, by obtaining the power of each tinme slot of r process

K,
at Stel) sel). quantiEng wak ek (BIqopss st StamPakl dbat Boted thyt 3&%%% | owi ng
expression (19).. e(r)=lg(k,r K X 101] The envel opne shape paraneter
cal cul ati ng uﬁwt 1§ r%g?e%‘g%‘éfs O)g( & Fiﬂ%? t]ﬂeatg?ﬁ'}& (P éﬁ%ﬁoﬁi’e&’:’aﬁc&? ating
unit Imand reeel Ve8P rhe decimation of the linear prediction coefficients may

be performed at a predetermined time interval, or may be performed at
nonuniform time interval based on the characteristics of ag(n, r). For
15 example, a method is possible that compares Gy(r) of ag(n, r) in a frame
having a certain length, and makes ag (n, r), of which. Gy(r) exceeds a
certain value, an object of quantization. If the decimation interval of
the linear prediction coefficients is a predetermined interval instead of
using the characteristics of ay(n, r), a; (n, 1) need not be calculated for
20 the time slot at which the transmission is not performed.
[0088] The linear prediction coefficient quantizing unit 1k quantizes the
decimated high frequency linear prediction coefficients ay (n, 1;)
received from the linear prediction coefficient decimation unit 1j and
indices r; of the corresponding time slots, and transmits them to the bit
25 stream multiplexing unit 1g2 (process at Step Sc2). As an alternative

structure, instead of quantizing ay(n, r;), differential values ap (n, r;) of
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envel ope tine borders {131} fromthe SBR encoding unit Id. It is noted 5
that 0..i.Ne, and Ne is the nunber of SBR envel opes in the encoded frane.
The envel ope shape paraneter calculating unit In obtains an envel ope shape
paranmeter s(i) (04e-Ne) of each of the SBR envel opes in the encoded frane
according to the foll ow ng expression (20) (process at Step Se2). The
envel ope shape paraneter s(i) corresponds 10to the tenporal envel ope

suppl ementary information, and is simlar in the third enbodinment. (e(i)-

e(r))2-(20) Itilei f‘mggrt %geélgggn coetfﬁ't':ienjcsl If?lg{’)bé-(ilsa%jﬁzgg) as | ie) s;l))ee% -
encoding device according to the modification 2 of the first
embodiment.
[0089] The bit stream multiplexing unit 1g2 multiplexes the encoded bit
5 stteam calculated by the core codec encoding unit lc, the SBR
supplementary information calculated by the SBR encoding unit 1d, and
indices {r;} of time slots corresponding to ay(n, 1;) being quantized and
received from the linear prediction coefficient quantizing unit 1k into a
bit stream, and outputs the multiplexed bit stream through the
10 communication device of the speech encoding device 12 (process at
Step Sc3).
[0090] FIG. 8 is a diagram illustrating a speech decoding device 22
according to the second embodiment. The speech decoding device 22
physically includes a CPU, a ROM, a RAM, a communication device,
15 and the like, which are not illustrated, and the CPU integrally controls
the speech decoding device 22 by loading and executing a
predetermined computer program (such as a computer program for
performing processes illustrated in the flowchart of FIG 9) stored in a
built-in memory of the speech decoding device 22 such as the ROM
20 into the RAM. The communication device of the speech decoding
device 22 receives the encoded multiplexed bit stream output from the
speech encoding device 12, and outputs a decoded speech signal to
outside the speech encoding device 12.
[0091] The speech decoding device 22 functionally includes a bit
25 stream separating unit 2al (bit stream separating means), a linear

prediction coefficient interpolation/extrapolation unit 2p (linear
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15where s(i) in the above expression is a paraneter indicating the

magni tude of the variation of e(r) in the i-th SBR envel ope satisfying
b$r<b,,i, and e(r) has a |l arger nunber as the variation of the tenporal
envel ope is increased. The expressions (20) and (21) described above are
exanpl es of nethod for calculating s(i), and for exanple, s(i) may 20al so
be obtai ned by using, for exanple, SMF (Spectral Flatness Measure) of
e(r), aratio of the maxinumvalue to the mninmumvalue, and the like. s(i)
is then quantized, and transmtted to the bit streamnultiplexing unit 1g3.

[0102] The bi tpredicEaf sadfficihexhiRgpslatibn/bgdapldion seafsy, hadenaciosieg bit 5
stream cal cul ated by the core codec encoding unit |c, the SBR suppl enentary

information caredicaioadilar mﬁie:zBBIRt@mg@dl egvelopt shdpingnsiesds))inktetd of bit
stream and outputs the nmultiplexed bit streamthrough the comunication
devi ce of the thpdutistremmosipagatiey ung 28 iher hye Sseqiensy dmede Jyreditpa103]
FIG 12 is a diagramillustrating a speech decoding device 23 according to
the third embodia unmr@,gbeémﬂ@bmg@@e@@mwg@mg%hm BHer gtrengthudes a
CPU, a ROM a RAM .a comuni catjon. device,. and the lik i.ch are_not

i |lustrated, UtHS mzfnﬁéér’-EPllyleé‘bﬂ@@F‘Boﬂ t@p@géﬁkd&gg%ﬁ FiRPC4BYi ce 23

computer  br ogrdiPRBIE PRRFORH nd TorUESSEE SPHACTPAYSR i [ohEoR GRar ¢ of
s the Row i niepRi el 2ol SRTbIed rantorll RS 30 FR Bl AR GEea ng
Gevice 25 1 cooiuEie Sncsied ANIALR SHaRll o SCEIRA B RS
e gPsecr oSttt 2 D8RSt nsech ot it
separaipng meanggrsed the@Wform wunit 2n, and the linear prediction coefficient
interpolation/extrapolation unit 2p of the speech decoding device 22
illustrated in FIG. 8 are functions realized when the CPU of the speech
encoding device 12 executes the computer program stored in the built-in
memory of the speech encoding device 12. The CPU of the speech
15 decoding device 22 sequentially executes the processes (processes from
Step Sb1 to Step Sd2, Step Sdl, from Step Sb5 to Step Sb8, Step Sd2,
and from Step Sb10 to Step Sb1l) illustrated in the flowchart of FIG. 9,
by executing the computer program (or by using the bit stream
separating unit 2al, the core codec decoding unit 2b, the frequency
20 transform umit 2c, the high frequency generating unit 2g to the high
frequency adjusting unit 2j, the linear prediction filter unit 2kl, the
coefficient adding unit 2m, the frequency inverse transform unit 2n, and
the linear prediction coefficient interpolation/extrapolation unit 2p
illustrated in FIG 8). Various types of data required to execute the
25 computer program and various types of data generated by executing the

computer program are all stored in the built-in memory such as the
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frequency tenporal envel gpe cal culating unit 2r (low frequency 25t enporal
envel ope anal ysis neans), an envel ope shape adjusting unit 2s (tenporal
envel ope adjusting neans), a high frequency tenporal envel ope cal cul ating
unit 2t, a tenporal envelope flattening unit 2u, and a tenporal envel ope
shaping unit 2v (tenporal envel ope shaping neans), instead of the bit
stream separating unit 2a, the |ow frequency |linear prediction analysis
unit 2d, the signal change detecting unit 2e, the filter 5 strength

adjusting unit 2f, the high frequency |inear prediction analysis unit 21),
the |inear prB@Mmﬂier&gM@fﬂilq snpaechrlecoding davice B2 | i near predi ction

uni Ee%ag:iﬂﬁifgq?izgt PR R R S %f ﬁ@c}[ﬁ%ﬁ%f@%ﬁf eses) Sepz%r i 10
b, . . o 05 RIS

u(r:u tt2je, It%e ééﬁgﬁﬁégn&e&ﬁ;?%qgn?tn&%m gllﬂ;%arﬁr e@ﬁ%ﬁéﬁoﬁl n;/g&gezﬂg‘%&ﬁs{‘ lcj)ﬂnI "
Cenporal onver Sy SRR THH 3k 280 T NGAR spE AL duy” 0 17
encodi g devi 251 ol BFALE SRR, sEmaaEE WIEDS, he B HedBiol PEFFL 1

ey of L he impAepRansaangydR e 212 thd WauEPlhahet Rrampgchgerod ng

device 23 sequentially executés processes ( esseS from Step Sbl 'to Step
Sb2, from St epheShlltel otrEhep &ljdstist @BitSDER antlrom 18iep prédiction Filew hif, Step
5b8, Step Sf5, and from StepSbl O to Step Shbll) illdstrated in the
flowchart of BkGIth8speih decodiecddviog22he conputer program (or by using
the bit stream separating unit 2a2, the core codec decoding unit 2b to the
frequency traf@@2HuThebit stesam Reparahg fundiodah sgpagetesrthe immgl tiphaxed2bit t he

hi gh frequency adjusting unit 2j, the coefficient adding unit 2m the
frequetty i nvetream: supplies nhtough the spramuacatian fevicre iy the Mpseeh
25envel ope calculating unit, 2r to the tenporal enve|lope shaping unit 2v of
fhe speonh decBPAEdRIIaLS S| P drdisees ohiDe(hd SIOLE oarPauidiyeds of
data required to exegute the, co te rogramand varkous..types dat a
Goner atad by GRLRVET R EHaEuRE e SPR A BRtry gl orh 8 by £ o
menory such a RSV t he RAM of the speech decodi ng devi ce 23.

5[ 0105] The bi‘gﬂp&ssl(?er eamsg.g%gf ating unit 2a2 separates the nultipl exed bit

{0094] The linear prediction coefficient interpolation/extrapolation unit

15 2p receives the indices r; of the time slots corresponding to ay (n, 17)
being quantized from the bit stream separating unit 2al, and obtains ay
(n, r) corresponding to the time slots of which the linear prediction
coefficients are not transmitted, by interpolation or extrapolation
(processes at Step Sdl). The linear prediction coefficient
20 interpolation/extrapolation unit 2p can extrapolate the linear prediction

coefficients, for example, according to the following expression (16).
V-ri
ay(n,r)= ) UlaH (n,7,) (1=n2N)  -(16)

where r;; 1s the nearest value to r in the time slots {r;} of which
the linear prediction coefficients are transmitted. & is a constant that

25 satisfies 0<d<l.
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stream supplied through the comrunication device of the speech decodi ng
device 23 into s(i), the SBRssuppl enentary information, and the encoded bit
stream The | ow frequency tenporal envel ope calculating unit 2r receives
claw (k, r) including the | ow frequency 10conponents fromthe frequency
transformunit 2c, and obtains e(r) according to the foll ow ng expression
(22) (process at Step Sfl). 63 e(r)ldec (7c, 012---(22) k=0 [0106] The
envel ope shape adjusting unit 2s adjusts e(r) by using s(i), and obtains
the adjusted tenporal envelope information e(r) (process 15at Step Sf2).

(2) Tor(2¢) 1SS Epe 1Blogf LA Gon REAIADIN oo M BRI GL AR ) 27
e(r) (ot herw sq)ep | dap %nt@ﬂ%fl%tgt gl?é :131e£a91@?&&%eewfﬁéﬁh%fd@%kaﬁlgléﬁﬂ

descri bed above are exa adj usttng od, and the ot her adjusting

met hod by whi %cbﬂﬁn%ﬂ*ﬂ@ﬂ%l ﬂﬂlo%ﬁﬁ'g(ekgré%@fah”@%ﬁ{kzﬁ%ﬂe%ﬁodr@ri&bﬁ satiafed.

illustrated by s(1) y_al so b‘e*u__‘se

aH(n,r)r

imﬂ;li'aH(”;ﬁ)+‘l::ﬁg“;dﬂ(ns5m4)(Iénébﬂ
Vort —h Fost o
5 --(17)
[0096] The linear prediction coefficient interpolation/extrapolation unit
2p may convert the linear prediction coefficients into other expression
forms such as LSP (Linear Spectrum Pair), ISP (Immittance Spectrum
Pair), LSF (Linear Spectrum Frequency), ISF (Immittance Spectrum
10 Frequency), and PARCOR coefficient, interpolate or extrapolate them,
and convert the obtained values into the linear prediction coefficients to
be used. ay(m, r) being interpolated or extrapolated are transmitted to
the linear prediction filter unit 2kl and used as linear prediction
coefficients for the linear prediction synthesis filtering, but may also be
15 used as linear prediction coefficients in the linear prediction inverse
filter unit 2i. If ap(n, r;) is multiplexed into a bit stream instead of ay
{n, r), the linear prediction coefficient interpolation/extrapolation unit 2p
performs the differential decoding similar to that of the speech decoding
device according to the modification 2 of the first embodiment, before
20 performing the interpolation or extrapolation process described above.
[0097] The linear prediction filter unit 2k1 performs linear prediction
synthesis filtering in the frequency direction on qug (n, r) output from
the high frequency adjusting unit 2j, by using ag(n, r) being interpolated
or extrapolated obtained from the linear prediction coefficient

25 interpolation/extrapolation unit 2p (process at Step Sd2). A transfer
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5 [0108] The high frequency tenporal envel ope calculating unit 2t
cal cul ates a tenporal envel ope eexp(r) by using gap (k, r) obtained from

t he high frequency generating unit 2g, according to the foll ow ng
expression (26) (process at Step Sf3) 10[ 0109] The tenporal envel ope
flattening unit 2u flattens the tenporal envel ope of gexp (k, r) obtained
fromthe high frequency generating unit 2g according to the follow ng
expression (27), and transmts the obtained signal gnat (k, r) in the QW
domain to the high frequency adjusting unit 2] (process at Step Sf4).
[0110] The fl &matinimgf die lineartpregistian Blerlniikdycarhbe wapmssed asthel ope
flattening unit 2u may al sqQ be omtted. |Instead of gﬁlculating the tenporal

envel ope of t Kellowing expigaur (| &b rpbhe insaopredieios tiier unit galt $hapss gh
frequency generating unit Zlg)an Iﬁgtgﬁ_'n t he tenporal 20envel ope

thereof .t he TemiHREPIab soEPORE Qrtierih HHeney FORRP S SHRTE Py

ouﬂ)ﬁ'? from(.at gﬁ%gﬁ%@;ﬁ?ﬂﬁé@?}%@ﬁ%ﬁ?ﬁ%ﬁmt %"’Fﬂn%ﬁ{tgbe c%l.&ghat ed?nand

the t I Sriad HB%W VAT d
"t he § crmor a geyel one, LLACLEIN B9 ikl Bk T BkebA Sad) (1) obtained
fromthe enve?’ %e sﬁape ) Justi ng unﬁt S, fﬂg%{%a of eaap(r) obtained from

the high frequency tenporal envelope {

glz)=—v
1+ z ag(n,r)z" —(18)

n=l

[0098] (Third Embodiment)

FIG. 10 is a diagram illustrating a speech encoding device 13
according to a third embodiment. The speech encoding device 13

10 physically includes a CPU, a ROM, a RAM, a communication device,
and the like, which are not illustrated, and the CPU integrally controls
the speech encoding device 13 by loading and executing a
predetermined computer program (such as a computer program for
performing processes illustrated in the flowchart of FIG 11) stored in a

15 built-in memory of the speech encoding device 13 such as the ROM
into the RAM. The communication device of the speech encoding
device 13 receives a speech signal to be encoded from outside the
speech encoding device 13, and outputs an encoded multiplexed bit
stream to the outside of the speech encoding device 13.

20 [0099] The speech encoding device 13 functionally includes a temporal
envelope calculating unit Im (temporal envelope supplementary
information calculating means), an envelope shape parameter
calculating unit 1n (temporal envelope supplementary information

calculating means), and a bit siream multiplexing unit 1g3 (bit stream

33



5cal culating unit 2t. [0111] The tenporal envel ope shaping unit 2v shapes
gadj (k, r) obtained fromthe high frequency adjusting unit 2j by using
e(r) obtained fromthe tenporal envel ope shaping unit 2v, and obtains a
signal Cl -Jenvadj (k, r) in the QW domain in which the tenporal envel ope
is shaped (process 10 at Step Sf5). The shaping is perforned according to
the followi ng expression (28). clenvadi (k, r) is transmtted to the
coefficient adding unit 2mas a signal in the QW domain corresponding to

t he hi gh frequency conponents. envadj(1 C.r)= adj(k,r) eadf(r) (i, Aler 5. 63)
_--(28) 15[ o1neytiplesing maansbdnstend of the lipdas predicion maehgﬁslarﬁmt lgstrati ng

a speech deco device 24 according to a fourt t The speech
decodi ng devi &@ %Jl Rﬂr?lﬁéteéi clglabpg u%ltl'«’kf/l"ﬂla(ifj 15 sESA#Huni cat i on

U ko B S

d d AREY! h
S;OET ﬁgmdzi.h weR RGP 1 e R %qéoﬂaﬁ%%id?ﬁﬁ‘é%%% e.l%aZSZifce
ot ream ot put o e L g e e e P B 912 i ng
devi ce 13, angh@uhduitStaftERIEH it [E3SbOHR sﬁeecﬁtéhébﬁﬁgodevti&@ speech

decodi ng device 24. [0113] The speec decodlng device 23 functionally
includes the $8rillebttedoin FIG. m@@f‘fuﬁe@@ﬁh Aenltiedi wheR thé tORUCOf eheodec

decoding unit 2b, the frequency transform wunit 2c, the | ow frequency
| i near. speech encoding device 12 executes the computer program stored in the
built-in memory of the speech encoding device 12. The CPU of the
10 speech encoding device 13 sequentially executes processes (processes
from Step Sal to Step Sa 4 and from Step Sel to Step Se3) illustrated in
the flowchart of FIG 11, by executing the computer program (or by
using the frequency transform unit 1a to the SBR encoding unit 1d, the
temporal envelope calculating unit 1m, the envelope shape parameter
15 calculating unit In, and the bit stream multiplexing unit 1g3 of the
speech encoding device 13 illustrated in FIG. 10). Various types of
data required to execute the computer program and various types of data
generated by executing the computer program are all stored in the
built-in memory such as the ROM and the RAM of the speech encoding
20 device 13. ' ‘
[0100] The temporal envelope calculating unit 1m receives q (k, r), and
for example, obtains temporal envelope information e(r) of the high
frequency components of a signal, by obtaining the power of each time
slot of q (k, r) (process at Step Sel). In this case, e(r) is obtained

25 according to the following expression (19).
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5 prediction analysis unit 2d, the signal change detecting unit 2e, the
filter strength adjusting unit 2f, the high frequency generating unit 2g,
the high frequency |inear prediction analysis unit 2h, the |inear
prediction inverse filter unit 2i, the high frequency adjusting unit 2j,
the linear prediction filter unit 2k, the coefficient adding unit 2m and
the 10 frequency inverse transformunit 2n) and the structure of the
speech decodi ng device 24 (the | ow frequency tenporal envel ope cal cul ati ng
unit 2r, the envel ope shape adjusting unit 2s. and the tenporal envel ope
shaping unit 2v). The speech decodigigy device 24 also includes a bit stream

separating unit 2a3 (bit ream s ti As) and a_ 15 suppl enentary
i nf ormation conversion uffA\¥’ pw- oI@e@ggg‘Bﬂhe | i nebtprediction filter
Ing unit 2v may be opposite to that

unit 2k and the tenporal envel op& ST
illustrated in FIG 14. The speec ecodi ng device 24 preferably receives

telﬂliogiEgsééifi@f@?ﬂﬁ%@%@%ﬁ&s@?ﬁg P e sotalatug talc 05'%?%*5?@ C24h

_ i h _ _

decodi ng. devi Lensqgyickipdel HREH EREMARE WA b Bl By SBR T
reory O LNechnangl ieeadidg: dayisanate SYKAUSAtHAGR: 91 BB eaui red to

execute the conput program and-various types of a gener at

execut ing t heypanpyk®le RHAINBNS AL Medbdr Sf SBH ehPeloh8s ithé enBod&foOry such
as the ROM and the RAM of the speech decodi ng device”24. 0114] The bit

st ream separ afiafge. UnThe 2a3eloppatapespdrhectat ¢dlphlanad it 1atstaamssappl i ed

t hrough the communi cation device of the speech decodi ng device 24 into the
t enpor al enveknpelopushhpepatanster 8{i)f0aldde), of baclSBRtlsw SRR santlapys
information, and the encoded bit 5 stream The tenporal envel ope

suppl enent ar y in nther eacodsd fgmel aesopding( ty hes dellowtng rexpressidn 20)

enbodi ment or s(i) described.in_the third enbodi ment. The tenporal envel ope
suppl enent ar y (PIOCEsHE PSR Sﬁ%») alld® HEvelons ﬁ@pepﬁaram@rsqﬁmrrqsmﬂdav S

ar conflr 1 & 1 Ot SFpial s6a Loy CBRTG, peteTtBBmERE 45 S IPHFO a1 on 1 0

obtain K(r) a 1 f .t he .tenporal envel ope suppl enentary information is
K(r), the supﬁ?eeﬁ’é%%lpbog%?%?trmti on conversion unit 2w converts K(r) into

s(i). The supplementary information gonver sion unit 2w may al so obtain, for
%()eet—_i—on of DSr<bi +i 15K (i) and

exanpl e, an average val ue of K[r) in%
et(ra?—eg(r}e)s ion (29@2 nnto s(i) by
ra

convert the averagg‘(\iélzcte—ﬁep-lhesemed i
using a predeternmned’tabfhe. lfphthejt envel’dpe suppl eméntary

information is s(i), the siidpl enfentafy”i nformation conversion unit 2w
converts s(i) into K(r). The supplenentary 20 infornmation conversion unit
2w may al so per f onnlttibaotedrthet:si on by converting s(i) into K(r), for

exanple, by using a predetermned table. It is noted that i and r are
associated with each other so as to §atisfy the relationship of bilLcr<bi,i.
e(r) an
8(1): r=bi
bi—l—l ‘b:‘
15 where s(i) in the above expression is a parameter indicating the

magnitude of the variation of e(r) in the i-th SBR envelope satisfying
bi<r<b;,;, and e(¥) has a larger number as the variation of the temporal
envelope is increased. The expressions (20) and (21) described above
are examples of method for calculating s(i), and for example, s(i) may

20 also be obtained by using, for example, SMF (Spectral Flatness
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[0116] If the tenporal envel ope supplengntary information is a 25paraneter
X(r) that is neither s(i) nor K(r), the supplenentary information
conversion unit 2w converts X(r) into K(r) and s(i). It is preferable that
t he supplenentary information conversion unit 2w converts X(r) into K(r)
and s(i), for exanple, by using a predetermned table. It -is also
preferable that the supplenentary information 5 conversion unit 2w
transmts X(r) as a representative val ue every SBR envel ope. The tables for
converting X({). .int and..s( may be diff rent rom each other. [0117]
(o 11 cati onMeastieh Hiiroatp bl e imemopabEio dt BHpaS e 51 o
the first enb | r. u he
speech decodl%gdg@glth(l:{g Z%Ongﬂ!l ﬁgéne@%eﬁga%t %x&ﬁitfe tr?{g{oen liiéftr%%f%cess
The automatic h ocess is a process to adj ust the power of the
signal in then%?f\ﬂg% ﬁﬁ 1ggtput fromthe linear prediction filter unit 2k
to the power pfjgA)eTisd. Bﬁ%’trehﬂi& mhﬁ(ﬁzﬁhﬁlﬁﬁﬂga"nﬁﬁh be%b'lﬂﬁl% esbdelimbigeneral ,
a signal 15cisypow (n, dormai n whose gai n has been control | ed
ls(r)ealﬂ )zed bytrédin E@llcbmwdwgoﬁxmrees;srenrcodeqsyﬂcqnhwgnhnit 1%, qbynEBR)
Po(r)430) PIO

supplementary information calculated by the SBR encoding unit 1d, and

s(i) into a bit stream, and outputs the multiplexed bit stream through the
communjcafion device of the speech encoding device 13 (process at
Step Se3).

10 | {0103] FIG 12 is a diagram illustrating a speech decoding device 23
according to the third embodiment. The speech decoding device 23
physically includes a CPU, a ROM, a RAM, a communication device,
and the like, which are not illustrated, and the CPU integrally controls
the speech decoding device 23 by loading and executing a

15 predetermined computer program (such as a computer program for
performing processes illustrated in the flowchart of FIG. 13) stored in a
built-in memory of the speech decoding device 23 such as the ROM
into the RAM. The communication device of the speech decoding
device 23 receives the encoded multiplexed bit stream output from the

20 speech encoding device 13, and oufputs a decoded speech signal to
outside the speech decoding device 13.

{0104] The speech decoding device 23 functionally includes a bit
stream separating unit 2a2 (bit stream separating means), a low
frequency temporal envelope calculating unit 2r (low frequency

25 temporal envelope analysis means), an envelope shape adjusting unit 2s

(temporal envelope adjusting means), a high frequency temporal
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Here, Po(r) and PL(r) are expressed by the follow ng expression (31) and
the expression (32). 63 2 20Po (r)g "4 (n,r)---(31) n=la n=kx By
carrying out the automatic gain control process, the power of the high
frequency conponents of the signal output fromthe linear prediction filter
unit 2k is adjusted to a value equivalent to that before 5 the |linear
prediction filtering. As a result, for the output signal of the |inear
prediction filter unit 2k in which the tenporal envel ope of the high
frequency conponents generated.based on SBR i s shaped, the effect of
adj usting the®p € GRICHIRENG; WHt Fé&&@%ﬂi@%@%gﬁ%ﬂlﬁg&%y WA gh
frequency adjuitiqﬁﬂinit Zb an.be na%ﬁtﬁkned. The automati.c 10 gﬂin
control procedEadral coyelgne SRanigE Hut 2y, (epiReiah 1 S S RA R M2 Pl quency
range of the gj | L [y Prc [
i ndi vi dual fr@ﬁ%’%ﬁc?f 9&%3@ %’gen%@gs’éﬁé%t%n}ggn@yﬁ ?%étlﬁ%hﬁqﬂﬁg%ﬁ@né%ﬁr essi on
(30), the exp i : 1 Wl N
glge%iﬁgﬁlh At Sis gn,ﬁﬁi 2c¥ ﬁhﬁé%ﬁf éhﬁige( @écﬂq%ﬁhﬂ R B Rk

frequency ran or exa uency Ttange can be expressed as

Fi Sn<Fisti (i ngthdtipgth tidg it 2, {hRdehi fstfeiclNehdah rodinhish Lhlyicertain
frequency range ot thé signal in the domai n). F17indicates the

frequency ranggitbndied Vinean dorielidtdnpiefeasabiikert hait Pi, badatHe dauancy
boundary table of an envel ope scale factor defined in SBR in "MPEGS AAC'.
The frequencyptedistitar Yfilteahirt 2k déftheepebsh tdeeodd@ Hegihe f2lequEhe ybit
generating unit 2g based on the definition of SBR in "MPEGA AAC'. By

per f or mi ng t hetream osepriratingaiunitc 3a2r the gore eodec tdasogvgeungf 2bhte thet put
signal fromthe linear prediction filter upnit 2k in a certain frequency
range of the HeghengeHaBseynBHbERctheshizh g%ﬂ%@%cgqnéfaémgall% Zggthasal ent to

that bleOf ore tﬂleghl Ifrré%%gng; % Jlucs%ilngnu;ﬁltlij,e the' %beﬁ%cignt adding unit 2m, the

frequency inverse transform unit 2n, and the low frequency temporal
envelope calculating unit 2r to the temporal envelope shaping unit 2v of
the speech decoding device 23 illustrated in FIG. 12 are functions
realized when the CPU of the speech encoding device 12 executes the
15 computer program stored in the built-in memory of the speech encoding
device 12. The CPU of the speech decoding device 23 sequentially
executes processes (processes from Step Sbl to Step Sb2, from Step Sfl
to Step Sf2, Step SbS, from Step Sf3 to Step Sf4, Step Sbg, Step Sf5,
and from StepSbi0 to Step Sb11) illustrated in the flowchart of FIG. 13,
20 by executing the computer program (or by using the bit stream
separating unit 2a2, the core codec decoding unit 2b to the frequency
transform unit 2c, the high frequency generating unit 2g, the high
frequency adjusting unit 2j, the coefficient adding unit 2m, the
frequency inverse transform unit 2n, and the low frequency temporal
25 envelope calculating unit 2r to the temporal envelope shaping unit 2v of

the speech decoding device 23 illustrated in FIG: 12). Various types of
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result, the effect for adjusting the power of the high frequency signal
performed by the high frequency adjusting unit 2] on the output signal from
the linear prediction filter unit 2k in which the tenporal envel ope of the
hi gh frequency conponents generated based on SBR is shaped, is 5

mai nt ai ned per unit of frequency range. The changes nmade to the present

nodi fication 3 of the first enbodi nent nay al so be nade to the |inear
prediction filter unit 2k of the fourth enbodinent. [0118] [ Modi fication 1

The speech  TOMBARUUILCUBREAL B SROPRG PreararChsL Bt ook bodnofRels be
a7 by g o 0 BUEhe TORRbRREy GRS aﬁe@z%mdﬁﬁegcrgaz K
f ?'rl)og( g fﬁ)ﬁﬁﬁsl?ﬂﬂ)&x%ﬁsﬁg@ g%m@gﬁtzﬁ{w LQRANT b e sRRAdRROHHRT-
device 23.. . .
5 [0105] The bit stream separating unit 2a2 separates the multiplexed bit
stream supplied through the communication device of the speech
decoding device 23 into s(i), the SBR supplementary information, and
the encoded bit stream. The low frequency temporal envelope
calculating unit 2r receives qge. (k, 1) including the low frequency
10 compbnents from the frequency transform unit 2c, and obtains e(r)

according to the following expression (22) (process at Step Sf1).

e(r)= Y lgule ) —(22)

=0
[0106] The envelope shape adjusting unit 2s adjusts e(r) by using s(i),
and obtains the adjusted temporal envelope information e, (r) (process

15 at Step Sf2). e(r) can be adjusted, for example, according to the
following expressions (23) to (25).

6, (r) = () +~/50) = V() - (e(r) — () (<>v)

€.di (]") = e(r) (otherwise)

—-(23)

1t is noted that:

bi+1 -1

Z e(r) o

—r=bi
e(z) b b
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e(i)---(34) is an average value of e(r) in the $BR envel ope, and the

cal cul ation nethod is based on the expression (21). It is noted that the
SBR envel ope indicates the tine segnment satisfying bi..r<bii. {bl} are the
20 tinme borders of the SBR envel opes included in the SBR suppl enmentary

i nformation as information, and are the boundaries of the tine segnent for
whi ch the SBR envel ope scale factor representing the average signal energy
in a certain tinme segnment and a certain frequency range is given. mn O
represents the m ni mum val ue mnthln th range of b &<bi,i. Accordingly, in
this case, the envelope shape par a S araneter for indicating
armioofthennw@J B@éﬁ@d@ f the -aqpdpted tenpora
envel ope information’in The envel ope shape adj usting
unit 2s in the speech dec6ﬂ|ng HeV|de ?3 of the third enbodi nent may al so
be realized by the follow ng process. The envel ope shape adjusting unit 2s

adj usts e(r) [WOdsiTg exprpssionsbzi to (A deycuibed phaRpaicapxamples
nformaton cad (), The adusiing method, S baser on ke Lol o o
e.q5(I) becomes similar to the shape illustrated by s(i) may also be used.
5 [0108] The high frequency temporal envelope calculating unit 2t
calculates a temporal envelope € (r) by using qey, (k, r) obtained from
the high frequency generating unit 2g, according to the following
expressioﬁ (26) (process at Step Sf3).

eexp (I") = \/Z Qexp (k ]")‘ ""(26)

k_

10 [0109] The temporal envelope flattening unit 2u flattens the temporal
envelope of ey (k, 1) obtained from the high frequency generating unit
2g according to the following expression (27), and transmits the
obtained signal qaq (k, 1) in the QMF domain to the high frequency
adjusting unit 2j (process at Step Sf4).

Tep(57) (k <k<63)
Corp (7)

[0110] The f{flattening of the temporal envelope by the temporal

15 q o (s ¥) = —(27)

envelope flattening unit 2u may also be omitted. Instead of calculating
the temporal envelope of the high frequency components of the output
from the high frequency generating unit 2g and flattening the temporal
20 envelope thereof, the temporal envelope of the high frequency
components of an output from the high frequency adjusting unit 2j may
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---(35)

10

15

20

25

---(36) 1 +ie(r) - e(0) e ad] (r) = e(ik

be calculated, and the temporal envelope thereof may be flattened.
The temporal envelope used in the temporal envelope flattening unit 2u
may also be e,g(r) obtained from the envelope shape adjusting unit 2s,
instead. of ee(r) obtained from the high frequency temporal envelope
calculating unit 2t.

[0111] The temporal envelope shaping unit 2v shapes g4 (k, r) obtained
from the high frequency adjusting unit 2j by using e,q(r) obtained from
the temporal envelope shaping unit 2v, and obtains a signal genyag;(k; 1)
in the QMF domain in which the temporal envelope is shaped (process
at Step SfS).’ The shaping is performed according to the following
expression (28). Qemag (k, 1) is transmitted to the coefficient adding
unit 2m as a signal in the QMF domain corresponding to the high

frequency components.

Qenvadj (k9 r) = qaa}' (k5 r) ) eadj (r) (kxékéﬁi?,) "'(28)

[0112] (Fourth Embodiment)

FIG 14 is a diagram illustrating a speech decoding device 24
according to a fourth embodiment. The speech decoding device 24
physically includes a CPU, a ROM, a RAM, a communication device,
and the like, which are not illustrated, and the CPU integrally controls
the speech decoding device 24 by loading and executing a
predetermined computer program stored in a built-in memory of the
speech decoding device 24 such as the ROM into the RAM. The
comnmunication device of the speech decoding device 24 receives the
encoded multiplexed bit stream output from the speech encoding device

11 or the speech encoding device 13, and outputs a decoded speech
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s (i) e(i)

10

15

20

25

nu-n(e(r)) 1+ s(i)(e(r)- eadj(r)=e(i) e(l)

signal to outside of the speech decoding device 24.
[0113] The speech decoding device 23 functionally includes the
structure of the speech decoding device 21 (the core codec decoding

unit 2b, the frequency transform.unit 2c, the low. frequency linear. ..

prediction analysis unit 2d, the signal change detecting unit 2e, the filter
strength adjusting unit 2f, the high frequency generating unit 2g, the
high frequency linear prediction analysis unit 2h, the linear prediction
inverse filter unit 2i, the high frequency adjusting unit 2j, the linear
prediction filter unit 2k, the coefficient adding unit 2m, and the
frequency inverse transform unit 2n) and the structure of the speech
decoding device 24 (the low frequency temporal envelope calculating
unit 2r, the envelope shape adjusting unit 2s, and the temporal envelope
shaping unit 2v). The speech decoding device 24 also includes a bit
stream separating unit 2a3 (bit stream separating means) and a
supplementary information conversion unit 2w. The order of the linear
prediction filter unit 2k and the temporal envelope ‘shaping unit 2v may
be opposite to that illustrated in FIG. 14. The speech decoding device
24 preferably receives the bit stream encoded by the speech encoding
device 11 or the speech encoding device 13. The structure of the
speech decoding device 24 illustrated in FIG. 14 is a function realized
when the CPU of the speech decoding device 24 executes the computer
program stored in the built-in meroory of the speech decoding device 24.
Various types of data required to execute the computer program and
various types of data generated by executing the computer program are
all stored in the built-in memory such as the ROM and the RAM of the

speech decoding device 24.

61



The expression 35 adjusts the envel ope shape so that the.,ratio of the

m ni mum val ue to the average value of the adjusted tenporal 15 envel ope
information ea(r) in the SBR envel ope becones equivalent to the val ue of

t he envel ope shape paraneter s(i). The changes nade to the nodification 1
of the third enbodi nent described above may al so be made to the fourth
enbodi nent [0119] -Modification 2 of Third Enbodi nent] 20The tenporal

envel ope shaping unit 2v nay al so use the follow ng expression instead of

t he expressio : 4+ 1l i : r J 7 Led(r) is
obtained by c r%g fzﬁl)]ihieﬁ%lttsﬂ‘ghlgg%eﬁg{étﬁ%g&t%Pu%?é%ﬁ?se%o%lgll ﬁ@ﬁ%{gﬁg%ﬁ

i nformation eatda) . sfplicAaihiongh Pave 'cophmaaRagion( KeticeMBEF iRl Rpeddhat of qat
(k, r) within the SBR envel ope.” As indicated in the expression (38), in the
present nodi f deidiggn devicet 7e thits d tiegrbeghpernl , eaveldpsvadppleferitiry S
obtained by nmultiplying the signal gat 5 (k, r) in the domai n by eat,
scat ed(r)- i nsindaanatiorgahér§BRApplethaglayy itfoemiadoppead theeslcoged dilapi ng
unit 2v can shape the tenporal envelope of the signal gat (k, r) in the QW
domai Ny so t hsiteanhe $hgriempossleenvilopé supplensspirwnindbopatioe comp elwqui val ent
before and after the shaping of the tenporal enve|ope. It is _noted that the
SBR envel ope bad(thdesabhed nHbelingk eadhgdimentar pd) 9??@1]{3113@1 theethine i ne
borders of the EBR envel gpes i ncl ged i.n the SBR sugrgrl enentaty information
as i nf or mat i of00afEGHe (1he GHRMATAL FRYClgPe SHEPITRIIUSGRORMAHLN WAYCh t he

SBR envel ope scale fagtor representi t he .gver signal energy of a
certain tine @é@ ﬁﬁoﬁ}ﬁfpgr%rgﬁeﬁﬁﬂri&%alﬁelﬁ?&efﬁ@gn?% ‘ven. 15 The
t erm nol ogy " | i : ks : . i ion
corresponde ARG TEt pAr o R R GPE Yoy Bleidn] Bnft A7 SRt B “hnc:
defrmedgin "I S . %ﬁ% p t eriEn 't t ontents
as tth,, SBR e%ﬁ\}g%gge ti magggggﬁg ét@%ugho@ﬁ%@%%@@ﬁﬁeﬁ?gﬁmﬁ

and s(i). If the temporal envelope supplementary information is K(r),

the supplementary information conversion unit 2w converts K(r) into
s(i). The supplementary information conversion unit 2w may also

obtain, for example, an average value of K(r) in a section of bi<r<b;,,

15 :E (l) —--(29)

and convert the average value represented in the expression (29) into
s(i) by using a predetermined table. If the temporal envelope
supplementary information is s(i), the supplementary mformation
conversion unit 2w converts s(i) into K(r). The supplementary
20 information conversion unit 2w may also perform the conversion by
converting s(i) into K(r), for example, by using a predetermined table.
It is noted that i and r are associated with each other so as to satisfy the
relationship of bi<r<by,;.
[0116] If the temporal envelope supplementary information is a

25 parameter X(r) that is neither s(i) nor K(r), the supplementary
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envadj (k3r)=- g ad; (k, r) eadj,scaled(r) ---(38) (k _k 63,k r < k+i)
The changes made to the present nodification 2 of the third enbodi nent
descri bed above nay al so be made to the fourth enbodi ment. 5[ 0120]-
(Modification 3 of Third Enbodi ment) The expression (19) nmay also be the
foll owi ng expression (39). e(r) =-- 63 - bDEIq(k ,r)l2 k =0

information conversion unit 2w converts X(r) into K(r) and s(i). It is
preferable that the supplementary information conversion unit 2w
converts X(r) into K(r) and s(i), for example, by using a predetermined
table. It .is also .preferable that the supplementary information ... .
5 conversion unit 2w transmits X(r) as a representative value every SBR
envelope. The tables for converting X(r) into K(r) and s(i} may be
different from each other.
[0117] (Modification 3 of First Embodiment)
In the speech decoding device 21 of the first embodiment, the
10 linear prediction filter unit 2k of the speech decoding device 21 may
include an automatic gain control process. The automatic gain control
process is a process to adjust the power of the signal in the QMF
domain output from the linear prediction filter unit 2k to the power of
the signal in the QMF domain being supplied. In general, a signal
15 Qsyapow (N, T) in the QMF domain whose gain has been controlled is

realized by the following expression.
B(#)
A7)

Here, Py(r) and P((r) are expressed by the following expression
(31) and the expression (32).

. AO=Y.

n=hx

9 syn, pow (n,r) = 9 syn (n,7)- ~-(30)

2
Gy (n7)| 61
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---(39) bl-1 63 E E Eq(k,r)12 r=b; k= 0 The expression (22 may al so be
the foll owi ng expression (40). 63 i+114 dec,r)12 k =0 b,1-1 163

2
QSJ)H (n 24 )} —(32)

R()=Y.

.. By -carrying.-out the automatic gain control process, the power of
the high frequency components of the signal output from the linear
prediction filter unit 2k is adjusted to a value equivalent to that before

5 the linear prediction filtering. As a result, for the output signal of the
linear prediction filter unit 2k in which the temporal envelope of the
high frequency components generated based on SBR is shaped, the
effect of adjusting the power of the high frequency signal performed by
the high frequency adjusting unit 2j can be maintained. The automatic

10 gain control process can also be performed individually on a certain
frequency range of the signal in the QMF domain. The process
performed on the individual frequency range can be realized by limiting
n in the expression (30), the expression (31), and the expression (32)
within a certain frequency range. For example, i-th frequency range
15 can be expressed as F;<n<F\,; (in this case, i is an index indicating the
number of a certain frequency range of the signal in the QMF domain).
F; indicates the frequency range boundary, and it is preferable that Fi be
a frequency boundary table of an envelope scale factor defined in SBR
in "MPEG4 AAC". The frequency boundary table is defined by the
20 high frequency generating unit 2g based on the definition of SBR in
"MPEG4 AAC". By performing the automatic gain control process,
the power of the output signal from the linear prediction filter unit 2k in
a certain frequency range of the high frequency components is adjusted

to a value equivalent to that before the linear prediction filtering. Asa
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EE iq dec rbl k =- 0 10The expression (26) nmay al so be the foll owing
expression (41). eexp (r)= 6312 i- bl)lgexp (k, r )1 k=kx b + - 1 63
EEexp (k, r=b; k=kr ---(41) Wen the expression (39) and the expression
(40) are used, the )

result, the effect for adjusting the power of the high frequency signal
performed by the high frequency adjusting unit 2j on the output signal
from the linear prediction filter unit 2k in which the temporal envelope
of the high frequency components-generated based on SBR is shaped, is - .
5 maintained per unit of frequency range. The changes made to the
present modification 3 of the first embodiment may also be made to the
linear prediction filter unit 2k of the fourth embodiment.
[0118] [Modification 1 of Third Embodiment]
The envelope shape parameter calculating unit 1n in the speech
10 encoding device 13 of the third embodiment can also be realized by the
following process. The envelope shape parameter calculating unit 1n
obtains an envelope shape parameter s(i) (0<i<Ne) according to the
following expression (33) for each SBR envelope in the encoded frame.
S(i) =]~ mm( e(_r)) —(33)
e(7)

15 It is noted that:

is an average value of e(r) in the SBR envelope, and the calculation
method is based on the expression (21). It is noted that the SBR
envelope indicates the time segment satisfying b;<r<b;,;.  {bj} are the
20 time borders of the SBR envelopes included in the SBR supplementary
information as information, and are the boundaries of the time segment
for which the SBR envelope scale factor representing the average signal

energy in a certain time segment and a certain frequency range is given.
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tenporal envelope information e(r) is information in which the powers of
each QLVI F subband sanple is nornmalized by the average power in the SBR
envel ope, and the square root is extracted. However, the QW subband sanple
is a signal vector corresponding to the time index "r" in. 5 the QW
domain signal, and is one subsanple in the QW domain. In all the

enbodi nents of the present invention, the termnology "tinme slot" has the
same contents as the "QW subband sanple”. In this case, the tenporal

envel ope i nf anirat(i)orepeésents shea ngiaimuopehiuecivatiint fhat rasigeubibpe<bpl.ti pl i ed
by each QW subband sanple, and the sane applies to the 10adjusted tenporal
envel ope i nf cheeridorglpadp (this dasd,2 the (eweildpe shape paremerustih Bnbodi ment )
A speech decodi ng device 24a (not illustrated). of a nodification 1 of the
fourth embodipfsameisiylor dadiopting@ uefes o4 thpupirimmon vaduRivthe ayerageni cat i on

device, and the likg, which are not illustrated, .and the, 15 CRPU jntegrally
control s the 'é‘?ec‘i’f&b%o%‘%ﬁ@teéeﬁfﬁﬁor aerYPIPB%dPﬁWH)%%BCaﬁ r@g :

bt 81 SO CUrRl B USSP PRt Sl fesPeceh
f th h y | Ge. 24 ] . | bi t

o e Shecchsipdn ooy ShrdtniRinhige 4, BRGCUEC MG PR 01
devi 13, ALS. d j : i ] h
Gorice 13, YA ose loc s snagsd Shgoal gy s de AAEEREEED

bit streams bRgYpI tdd ol i At stream
separati ng uﬁ@?ﬁgggr%lf) q?%t%%ggiﬁﬁgggégd?%ﬂ%ﬁve I% Egﬂ%c@ Jlatlléslji(;@‘?d‘ﬁ{:)l udes a
tenporal 25enVigd cidgusingphesteod dk Ybdsetl osirethie ofvligeniapagiprgsdion t(32y dimnot
illustrated), instead of the supplenmentary information conversion unit 2w
The bil0 strempresyam 36)ng unit 2a4 separates the multiplexed bit stream
into the SBR informati on and the encoded bit stream The tenporal envel ope
suppl ementary informati on gefierating ufit 2y rafyes tenporal envel ope
suppl ement ary i nf oré%i?i_on zﬁg_og.the @éff))r‘nﬁﬁ n i hcl uded 5in_the encoded
bit stream and €hdj —sﬁrgﬁ) ne &t y/=nformar i on, _zOL22] To g ate the
tenporal envel ope suppl enentiary i nf o&{h} ok Fggrtain SBR envel ope, for
exanple, the time width (171;1-bi) of the SBR envel 6pe, a franme class, a
strength paraneter of the inverse filt i | oor, the anplitude of
73y

t he high frequency power, _a rptio of t fr equency power to the

| ow frequency p . au [ r a prediggspn gain of
a result of per%gr? Iitnéeﬁa g(rﬂeﬂ#’@? on anagl.ysis in the frquer?gy
direction on a | ow frequency §ignal repres&ffdd in the QW domain, and the
| i ke may be used. The tenporal envel ope supplenentary information can be

gener ated by The expression 35 adjusts the envelope shape so that the ratio of
the minimum value to the average value of the adjusted temporal
15 envelope information e,q(r) in the SBR envelope becomes equivalent to
the value of the envelope shape parameter s(i). The changes made to
the modification 1 of the third embodiment described above may also be
made to the fourth embodiment.
[0119] [Modification 2 of Third Embodiment]
20 The temporal envelope shaping unit 2v may also use the
following expression instead of the expression (28). As indicated in

the expression (37), €ug;, scalealr) 1S obtained by controlling the gain of the
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15 determning K(r) or s(i) based on one or a plurality of values of the
paraneters. For exanple, the tenporal envel ope supplenentary information
can be generated by determining K(r) or s(i) based on (b,1-b,) so that K(r)
or s(i) is reduced as the tinme width (171,1-171) of the SBR envel ope is
increased, or K(r) or s(i) is increased as the tine wdth 20(bisi-b,) of
the SBR envelope is increased. The simlar changes may al so be made to the
first enmbodi ment and the third enbodi nent. [0123] (Modification 2 of Fourth
Enbodi nent) adjusted tepgwchl daeedpedndeviaeor4h;((seso Fhéh fHe) pofvea of

nmodi fication 2 of the fourth enbodi ment physically includes a CPU, a ROM a
RAM a 95conmiuai.g&kirpmaletinsethadral qhe(k, itkeyithini die 8B& movelopeustysat ed, and
the CPU integrally controls the speech decodi ng device_ 24b bﬁ/ | padi ng and
executing a pnéiied i ibe exprpsiar (Phodn dhe grssay mediieationt 2ief Henory of

e e e e 2 e e O Lo b B T e
i B R SV T R R T I I
a0 SRS A B SR ESERE PR,
211 and & seconiar i bhoh,LIEHREHAUMN ORI BIS 8GR Sl M

adj usting uni{ifid el YBRS eﬂvélo@@?be&@né@%q@%l&ﬁ”%fbr@f and'exfttr Othef r equency
band by performng |inear predicCtion inverse filtering in the tenporal

direction, thshapihg oddhestmpotal m@ldpu'.sdtaddbtémmatdhsﬂﬂmeaﬁﬁem\?ﬁﬁe "1-1F
generation” step and the "I-1F adjustnent” step in SBRin 15 "|Vfl)EX4
AAC'. 18t t hi siridicates tthe thuepstgmengnahtisiiitghdfribgar y {fijgharé ritbguénry
adjusting unit 2j1 corresponds to_a signal w9 in the_description in "SBR

tool " in "I Schemers afothe3 SBIROEnvelopesswmsludesl i, thes SBR soppnpdritagy HF

71 PLor uni ¢ oRfpTRAGR RS TOMPONGT. a3baEh s BpEAmES Qlharites SEBRbe. ( he

i oot " F THESBESHREofh  ERE S B A BEBRETE v o
MG The' pr otbagd oY BEh 2B e il £ ST hun Y Elnel ek M

cor regmonds t?héit%ﬁﬁirﬁﬁﬁg%? "B AGERIPeN Gnthe 8RBbdnbAe B Ofe BHABA V& 1N

t he description
invention corresponds to the terminology "SBR envelope time segment"

in "MPEG4 AAC" defined in "ISO/IEC 14496-3", and the "SBR
envelope" has the same contents as the "SBR envelope time segment"

throughout the embodiments.

63 b:'-i-l -1

> ) g P

k=k, r=b
20 Cadj,scaled (r ) = €y (r) 63 byl :

\ > 3 |0y (ke r)- €5 ()

k=k, r=b

’2 --(37)

(k. <k<63,b, <r<b,)
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"SBR tool" in "ISOLEC 14496- 3: 2005", clauses 4.6.18.7.6 of "Assenbling HE
signals", in which the signal AAL7 is replaced with an output signal of the
tenporal envel ope shaping unit 2v. [0125] In the above description, only
the process for adding sinusoids is perfornmed by the secondaw hi gh -
frequency adjusting unit 2j2, 5 However, any one of the processes in the
"HE adjustnent” step may be perfornmed by the secondary high frequency
adjusting unit 2j2. Simlar nodifications may al so be nade to the first
enbodi ment, the se ond}g%)&d')rmn , m}j‘?ﬁthird e iment. In these
cases, the linear éér&dﬂ' n/ 1 1"t edj \dhi 't / ( Madpamiegr ction filter units 2k
and 2k1) is 10 included in the first enbodi nent and the -s€88nhd enbodi nent,
but the tenporal enygl (A} itz 1§ not included. Accordingly, an

out put signal from &%Ei%ﬁ@bh%w%?béﬁzency adjusting unit 2j1is

processed by the linpear prediction filter unit, d then an out put. signal
- from the i near prddiccthangesimade tanthe P%esﬁlﬁb%ggaatb@n’%@fégédﬁﬁér-y hi gh-

15f requency adj uysting unjit 2j2. 0126] In the.third.enmbodjnent, the

t enpor al enveefrgg‘é‘%l@f%ﬁi ﬁﬁsﬂﬂ% z’iﬂq‘-@ irh@’uﬁ%& i PAde InJ?%eg?E EDB flct i on
filter unit is go . nc[I uded. Accordingly, an output signal fromthe primy
hi gh frequenc‘?}rl T hg unit 21 is processed by the tenporal envel ope

shapi ng uni t @égpi(amiﬁgﬁgbdpg o‘?%Eﬁi‘tﬂ)@%@ﬁﬁom t he tenporal envel ope

shapi ng unit processed by the secondary high frequency adjusting

unit. [0127] In thq}ﬁ%gﬁﬁgﬂ?)qﬁ?%}éb%&é%ﬁgah$6MGMOH%F9ﬁe 24, 24a,

or 24b) of the fourth e e processing order of the linhear

prediction filter unit 2k 3 aping unit 2v nmay
25be reversed. In other wprds, an out si.gnal. from the high frequency
Givi = 533 Ja(k,r)]

e(r) = . k=0 —(39)

63 )
> g (k7))
k=0

r=b, k=

The expression (22) may also be the following expression (40).

63
(Bivy - bi)z |9 dec ("'f,f’)l2

— k=10
e(r) = Boi-1 63 , —(40)
Z Z |q dec (K7 )l
r=5b;, k=90
10 The expression (26) may also be the following expression (41).
63 2
(bi+]_b:‘)z |qexp (k:'r)l
— k=ks
eexp (F) - bigr—1 63 2
Z Z |q exp (k ? ¥ )|
r=5b; k=hk=x
--(41)

When the expression (39) and the expression (40) are used, the
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adjusting unit 2j or the primary high frequency adjusting unit 2j1 may be
processed first by the tenporal envel ope shaping unit 2v, and then an

out put signal fromthe tenporal envel ope shaping unit 2v may be processed
by the linear prediction filter unit 2k. [0128] In -addition, only if the
tenporal envel ope supplenentary 5 information includes binary control
information for indicating whether the process is perfornmed by the |inear
prediction filter unit 2k or the tenporal envel ope shaping unit 2v, and the
cont rol i nf ortemipiopal enveélapetiaformativer é(0) iv infamutresswhichtthe powegaif
prediction filter unit 2k or the tenporal envel ope shaping unit 2v, the

t enpor al  envelacheQMID ssbipaide sampler ip norinalizeti opn thegvenage @pveerfmrthet hat
further includes at | east one of the filer strength_parameter K(r), the
envel ope shape3Basnueors, and the squarg rpot knexiractgdpa i, ﬂ@rQéé%er ni ni ng

-E’EEQg.K fn;e?u N iz&%@géwbﬂee%%?i@aggm 8%5%1%53'\@55 %&'@%i‘méﬂﬁépw%? cation 3

s Lot g TP SR ERAY Ardis GRS sHoSmdle b the RULF Aqriainy ad t he CPU
[ 1 4

L et o vl R %Bﬁﬁdﬁ%ﬁﬁs ?ﬂﬁ‘? JHlksh Y ﬂ%@e@b terGtoRs Ao eout! N9

perform ng pr i hQ%}(llFOMﬁ:%EE G L din a
built-in nermsggtsg’fsd%t %lsé%gtec% gsc%%f}fr?g evi c c suéﬁé Itz%th%%i nto the
RAM  The comynite I‘pbpcﬂ éiﬁz\él ﬁhffoﬁﬁ%l(ﬁp@ﬁ?*is@ 'c@gfﬁlﬁéﬂtcﬁa%ﬁoﬂﬂﬂce' Ves
the encoded nmul ti pfexed bit "stream and out puts” a decoded speech signal to
outsi de the speegitisl %&Hyegclﬁe%m%uBE&@smﬂ@ld lahdshé adrad appliéd {6 the, the
speech decodi ng device 24c includes a primary high frequency adjusting unit
2] 3 abll a secaijustey tethpgtal kneelopadyfoajatiohiegg(ryni t 2j 4 instead of the high
frequency adjusting unit 2], and also includes individual signal conponent
adj usting um[l%ﬂ}:%M@hﬁpatmml 2 Fourtht Bambodfmenig | inear prediction filter
unit 2k and the tenporal nvel o hapi ng un 2v i viduyal signal
rrpspeech deeco mgp ev%ce 84a%not {1 ustrate(dS a modlﬁcatlo%

- 1 of the fourth embodiment physically includes a CPU, a ROM, a RAM,

a communication device, and the like, which are not illustrated, and the
15 CPU integrally controls the speech decoding device 24a by loading and
executing a predetermined computer program stored in a built-in
memory of the speech decoding device 24a such as the ROM into the
RAM. The communication device of the speech decoding device 24a
receives the encoded multiplexed bit stream output from the speech
20 encoding device 11 or the speech encoding device 13, and outputs a
decoded speech signal to outside the speech decoding device 24a. The
speech decoding device 24a functionally includes a bit stream
separating unit 2a4 (not illustrated) instead of the bit stream separating
unit 2a3 of tﬂe speech decoding device 24, and also includes a temporal
25 envelope supplementary information generating unit 2y (not illustrated),

instead of the supplementary information conversion unit 2w. The bit
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5conponent adjusting units correspond to the tenporal envel ope shaping
nmeans). [0130] The primary high frequency adjusting unit 2j3 outputs a
signal in the QW domai n of the high frequency band as a copy-si gnal
conponent. The primary high frequency adjusting unit 2j3 may output 10 a
signal on which at |east one of the linear prediction inverse filtering in
the tenporal direction and the gain adjustnment (frequency characteristics
adjustnment) is perforned on the signal in the QW domain of the high

frequency bangsealy séffdring DRIt SR sopapdteday afultipleked i stedanh @i thed from
the bit stream separating unit 2a3, as a copy 5 signal conponent. The

primary hi gh SBRouénEyatid] sisd it encoded2bid saleam. geTiee drapoal ravelpsi gnal
conponent and a sinusoid signal conponent by using the SBR suppl enentary
i nformati on suppldéreentbryonmftrendtidn sgeneaatirse panat 2yg genetatéda3empiotalout put s
each of the copy signal conponent, the noise_signal conponent, and the
sinusoi d si-greaivelopepaimplemeripay m’f‘@nyxatigmb(apwb@astbeainﬁsuaﬁosgmpludede noi se
depend®ng. on 'Abe EBFRAHH Bl SHORREnGERE SUHbF RO IGIRAIGR. [ 0131] The
processi ng orlU8ach IOTORPRENS L ERRgabPie b6 ARHRFERAT S5 TAI08AB [ ¢ he
output_{m Lhe BELTRER 90 EeaeRch Bl L1 A0 TERS (E10EESS gl S ep
R L R e e
S0P e | RS M ) SpfAed ey Beubaey ik ol e
10 high frequency power to the low frequency power, a autocorrelation
coefficient or a prediction gain of a result of performing linear
prediction analysis in the frequency direction on a low frequency signal
represented in the QMF domain, and the like may be used. The
temporal envelope supplementary information can be generated by
15 determining K(r) or s(i) based on one or a plurality of values of the
parameters. For example, the temporal envelope supplementary
information can be generated by determining K(r) or s(i) based on
(bj;1—by) so that K(r) or s(i) is reduced as the time width (b1—b;) of the
SBR envelope is increased, or K(r) or s(i) is increased as the time width
20 (bi.1—b;) of the SBR envelope is increased. The similar changes may
also be made to the first embodiment and the third embodiment.
[0123] (Modification 2 of Fourth Embodiment)
A speech decoding device 24b (see FIG. 15) of a modification 2
of the fourth embodiment physically includes a CPU, a ROM, a RAM, a

25 communication device, and the like, which are not illustrated, and the

CPU integrally controls the speech decoding device 24b by loading and
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5 process with the individual signal conponent adjusting units 2z1, 2z2,
and 2z3 may al so be a process of nultiplying each QW subband sanple by a
gain coefficient by using the tenporal envel ope obtained fromthe envel ope
+shape adjusting unit 2s, simlar to that of the tenporal envel ope shaping
unit 2v (process 2). The process with the 10 individual signal conmponent
adjusting units 2z1, 2z2, and 2z3 may al so be a process of pefformng

| i near prediction synthesis filtering in the frequency direction on the

i nput si gnal elgcusigon tredtienadiedoroetihmiteo nprogediii sioeed sinoht &dudlednf r om t he
filter strength adjusting unit 2f simlar to that of the |linear prediction
filter unit 2kemary of like speddchi géoodmge davice 24 Qh saltha®ONAMmibahby a gain
coefficient by using the tenporal envel ope obtained fromthe envel ope shape
adj usting uni . Shaicommunicatien dsviachel theninseah deaodingpdeviempfing unit 2v
(process 3). The process with the individual signal conponent adjusting
units 2z1, 2299613%ﬂzez@nﬁa9ef£-|@@1ﬁ@ée?@dpbgc@§%a%f0u¥ﬂmi i thg HEERLQVF -

S e st SEBE oSt ARt e MR 1
0o Sl A FLEFSR LR OSBRI B o
on e outpulpst ANaleobp ALIRCLNE, L NSRBI 05, SRALALEL BREBrgRl a1 et
predi oti on fiigR" fuidnogk alRaAGESEnit) 2j1 TaAd! 8 Neebrlugly %ﬁggg%cgﬁgggnent

adjusting units 2z1, 2z2, 3 may not performthé te el ope
shapi ng pr ocegigustinhgt i€t ikt @Tahe hiph fregiciuytaljtistideuhi Pyt signal as it
is (process 5). The process with the individual signal conponent adjusting
uni tsl@z1, 248124hd 2z3 may include any Hergehs péimbey lgadiegienbe t enpor al
envel ope of the input signal by using a nethod other than the processes 1
to 5 (processad@)stiﬁ@@niirgﬂegdju&t& B sigeal malithe JQMF sdgmain obrtherkdigh
adjusting units 2z1, 2z2, and 2z3 nmay al so be a process in which_ a
plurality of [Reeasybangdibmgerinenms dasapretigiprs iniease Slsringdni thean

arbitrary order (progess, 7). 10[.01 The, pracesses.,w th the jndi.vi dual

si gnal dcolnpoﬁsmal 5 (ﬁéﬂtq%ﬁ&; ﬁ}ﬁdgéntﬁﬁ@st@%ﬂ: i 1@2&@;%2%%52%@@&8, but the
i ndi vi dual si-gnal. onent adj. usting..uni, ] z2.« and 2z y._shape the
tenporal enve epe}ﬁ)r%%ﬁm@fl t Eppq"{??gf‘?tgﬁ.oiaéﬂs&ﬁﬁm cgtr?ﬁo%ﬁ@ilﬂcl uded in
t he owktput ofs i y hi e i . i fferent 15
met hogr‘si. For é\@%p e, adrff eﬁgﬁpi%ﬁgtééggés&%@s%gﬁ%er (;ﬁ?én@g%(l)%t%l copy

si gnal , the rﬁ’é@f‘en%szg'aﬁjustiﬁ%duhﬁeZi”b@x?éﬁ;oiidgn%1ai§l HChwg fRringer that

t he individual Signal conponent adjusting unit 2z1 perforns”the process 2
on the supplid@chptiynSigNAEBR hvyol'hdiryi U/ [ECINEA495BR@08Nt  @digest i ng uni t
2z2 performs the process 3 on the supplied noise signal 20 conponent, and
t he indi vi duad.6di8ghél of dryzemmabtingdHb's sigmg!slini fIh2z Bnesr peedisti¢heilprocess 5
on the supplied sinusoid signal. In this case, the filter strength

adj usti ng uniuniefZkar(dr tthe bnsar| ppeslistiepeliléet] usiti Al urand 2ke tepporalnsnit t he
sanme |inear prediction coefficients and the tenporal  envelopes to the

i ndi vifual sigvelone spapiBgt Ut Ayssiang the temperel epvelopesahdhe AuipWut nay

also transmt .different. |inear di.ction coefficients
31g1|1a1 fform the ﬁrlmary Blrg% h'eqlllency a Justhlé umtt. The secondary

high frequency adjusting unit 2j2 performs an addition process of
sinusoids in the "HF adjustment" step in SBR in "MPEG4 AAC". The
process of the secondary high frequency adjusting unit corresponds fo a
25 process of generating a signal Y from the signal W, in the description in
"SBR tool" in "ISO/IEC 14496-3:2005", clauses 4.6.18.7.6 of
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and the tenporal envelopes. It is also possible to transmt the sane

| i near prediction coefficients and the tenporal envelopes to at |east two
of the individual signal conponent adjusting units 2z1, 2z2, and 2z3.
Because at | east one of the individual signal conponent adjusting units
2z1, 2z2, and. 2z3 may not performthe tenporal envel ope shaping . 5
process but output the input signal as it is (process 5), the individual
si gnal component adjusting units 2z1, 2z2, and 2z3 performthe tenporal

envel ope procegsefibltg I—E?§1T§nﬁl%9, &f witieh Rhe rs@dridl YWoTis stprebd ceRement s
output fromthe primary high frequency adjusting unit 23 as a whole (if
al | the indi viwtyat sighghef theasmpoedtengdjopetshapingmdis 2221, 10 2z2, and 2z3
performthe process 5, the tenporal envel ope shapi ng process i s not
performed on @256 fntthe aboymdescriptioonentysthegndeessdoe bl dingssinfisditieispr esent
invention are not exhibited). [0133] The processes performed by each of the
i ndi vi dual - si parédrmeshpbyiethe asgcasdaiyg hight sreppency zadjuating 2eBitneyj2be fi xed

to one of the 15 process 1 the process 7, but nmay be dynam cally
det er nPned toHBWS%rﬁnﬂn@leo@% {}Wepr@céwgénih@ bl'ﬁ:h@i HetEeds stepygag deon t he

trol inf i i ved_ f ide th h decadj ng,deyi ce 24c.
ALt his L1 mo, DREOHRec TS SH1OBIBNA R S GRREY TSI Wt Coh SRR uded |
the mul tiplexed it st trol. i Bf OFNAt | i nstructi
20"t o per | or NEAE TRk g bEclect o e osRBad B o B ' sor
envel ope ti e Bg T ent Lha Anconed LhBEEmAlt 'rl‘nt-ih%sé’téﬁés,ti}fé"e}]iﬁ@&”e”t’ or

may be an instruction to performany one of thé process 1°to the process 7

wi t hout SpeCi;{a/%ﬁftﬂidrﬁﬁilﬁér”ﬁnﬁegﬁ‘f?éb& edi@d HAlter unith 03B4nd fmdgefsondary

hi gh frequency adjusting unit 2]4 adds the 25processed signal conponents

out put]of rom thehided W duahirgi gnibodieim ementheashcentli digbodintent 2Bt tidz2, and
2z3, and outputs the result to the coefficient adding unit (process at
Step 5g3). ThensmwahdarveldyegBhipieguanity isadjonsirichgleadni t AZpdrdimglypearf or m at
| east one of the linear prediction inverse filtering in the tenporal

di recti on andog@uh sigpals the fprisnan biglt ieeqaieney ialudmegadpits2itert ) on t he
dopy st gnal processed by the linear prediction filter unit, and then an output signal
from the linear prediction filter unit is processed by the secondary high
15 frequency adjusting unit 2j2.
[0126] In the third embodiment, the temporal envelope shaping unit 2v
is included but the linear prediction filter unit is not included.
Accordingly, an output signal from the primary high frequency
adjusting unit 2j1 is processed by the temporal envelope shaping unit 2v,
20 and then an output signal from the temporal envelope shaping unit 2v is
processed by the secondary high frequency adjusting unit.
[0127] In the speech decoding device (speech decoding device 24, 24a,
or 24b) of the fourth embodiment, the processing order of the linear
prediction filter unit 2k and the temporal envelope shaping unit 2v may

25 be reversed. In other words, an output signal from the high frequency
adjusting unit 2j or the primary high frequency adjusting unit 2j1 may

72



5conponent, by using the SBR suppl enentary information received fromthe
bit stream separating unit 2a3. [0135] The individual signal conponent
adjusting units 2z1, 2z2, and 2z3 nay operate in cooperation with one
“another, and generate an output signal at an internediate stage by addi ng
at least two signal 10 conponents on which any one of the processes 1 to 7
is performed, and further perform ng any one of the processes 1 to 7 on the
added signal. At this tinme, the secondary high frequency adjusting unit 2j4
adds the out fnttprocegssal] fast bhéhe tengporalemtedopt slgepingdinit 2i, gndltheoaponent

that has not yet been added to the output signal at the internedi ate stage,
and 15 out putwputheignab uromt thet hemporedlf emvedope slidping umitt 2vMoray be
specifically, it is preferable to generate an_output signal at the

i nt er nedi atem'pa@séeﬁgyﬁbﬁﬂmﬁﬁﬁp@dtﬁwnpﬁb@re@wQkon t he copy signal

Bt IR R SN A A B N U LR
bt S UG
hi gh frgquenctggzﬂ{;gg ilﬁgﬁ ?f%%eﬂoggrr@% @ﬁ‘{aﬁﬁﬁgﬂﬁ%%@%’% Lgﬁgﬁ%roll 5 of Y

Three si gnal EREer el B e g B RSl |

component, ang pdidoith s OhibosB?! thee ANBANSRdictidh Itk G Bk bWhee! nal
conponent nay be obtai ned by adding at |east two of the copy signal

conponent, t hemporsle sheslape coshpphent umnd 2vhe thenugaigbral grakelopeponent .
The signal conponent nmay al so be a signal obtained by dividing the band of
one of0the caoupplementary information may employ a form that further includes at

least one of the filer strength parameter K(r), the envelope shape
parameter s(i), or X(r) that is a parameter for determining both K(r) and
s(1) as information.

[0129] (Modification 3 of Fourth Embodiment)

15 A speech decoding device 24c (see FIG. 16) of a modification 3
of the fourth embodiment physically includes a CPU, a ROM, a RAM, a
communication device, and the like, which are not illustrated, and the
CPU integrally controls the speech decoding device 24¢ by loading and
executing a predetermined computer program (such as a computer

20 program for performing processes illustrated in the flowchart of FIG.
17) stored in a built-in memory of the speech decoding device 24¢ such
as the ROM into the RAM. The communication device of the speech
decoding device 24c receives the encoded multiplexed bit stream and
outputs a decoded speech signal to outside the speech decoding device

25 24c. As illustrated in FIG 16, the speech decoding device 24c
includes a primary high frequency adjusting unit 2j3 and a secondary
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5 signal conponent, the noise signal conponent, and the sinusoid signal.
The nunber of signal conponents nay be other than three, and in this case,
t he nunber of the individual signal conponent adjusting units may be ot her
than three. [0137] The high frequency signal generated by SBR consists of
three 10 elenments of the copy signal conponent obtained by copying from
the I ow frequency band to the high frequency band, the noise signal, and
the sinusoid signal. Because the copy signal, the noise signal, and the
sinusoi d sig hdieguehey t adjpsiing v elibdssignd of ethe fvign Gaguenvyt her, i f
the tenporal envelope of each of the signal cqmonents is shaped by 15
usi ng di ff er edjUsiERG oAt adl,t ARd i APy ivklEfess pABIdedmsienaht camposentg units

Cubj oct | ve: uHEPS oG Ze284cand Ao Sicatyt B VR RRBICgORHIte
mbodi f . ' ion, | ticul, h [
Cgnal | gener vty JkBnd WusrRordparior S Bl bect iy PRERARY SBpdl *"20
h . . t ' ' |
pand. Cne. ¢ orinBRE ey S ER7s R haBapBind Bine kSR VP e R T 1

i ndependent | y,eopty ol | ed, by handling them separately and applying
di fferent processe)s thereto. Accordingly, it is effective in inproving the

subj ect qual i [t[(M3@] THepHaEe¢edgh | enc%ﬂjfnhsﬁ@%cﬂlﬁiit% lontputs d Signal

25preferable to performa process of shapinhg the tenporal™ envel 6pe on the

noi se signal imotlesa@MB dumainoo€ she4highpértioemeya tandcas s doblyesignsl from
that for the noise signal on the copy signal (process 1 or process 2), and

perform the pcamppeserd. o Hehprimanybighdfrequemsly adjustotgrenit &F dry ddtput enpor al
envel ope shaping process is not perforned). It is also preferable to
per f ol a Shapisigmapencelich @blenst one 31 he hheweapredirtiosf invarse Btargmgpby al

envel ope on the noise signal, and performthe process 5 on the copy signal
and the si nus®itd &%H‘éllaﬁ(i retiosr  \RBAdsthe; hgaltnenﬁéi‘-b‘-’lmém/el( §EUSHADI ng

g&ggg;seinzogi:t g‘é{‘?ﬁgg‘?ﬁaﬁﬂg 13% 4§3Nbdi iq%%t&: (F)’ch eiogig'l:]iii 3‘1% E%BW?L% sfto\
AR B S S R S S e R W
the speech enﬁ&ﬁhﬁgﬁ&?gé&?véd gﬁtﬁéaﬁlﬂaﬁ%ﬁ%mﬁ 3pra§%e§ﬁf; ned

conputer programstored in a t-1n nenory speech’enco devi ce

I'1b syeh as t bienR¥ipbRerthe THOpAMy hih GefTiedCadjustinganitcy3 aisd he

speech encodi ng device |ib receives a speech signal 'to be encdded from
outside the speeshtesncosisagighal compbhbnt andlagituzeid sighakbosagedeniiyt i pl exed

bit streamto the outside the speech encoding device fib. The speech
encodi ng devi usinglthe SRR suppleanéntasamiprastion sopplethfiysi shaibittsttealn i nst ead
of the 20linear prediction analysis unit |e of the speech encoding device
11b, and separating unit 2a3, and outputs each of the copy signal component, the
noise signal component, and the sinusoid signal component separately
20 (process at Step Sgl). The noise signal component and the sinusoid
signal component may not be generated, depending on the contents of
the SBR supplementary information.
[0131] The individual signal component adjusting units 2z1, 222, and
223 perform processing on each of the plurality of signal components
25 included in the output from the primary high frequency adjusting means

(process at Step Sg2). The process with the individual signal
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further includes a tine slot selecting unit |Ip. [0139] The tine slot
selecting unit |Ip receives a signal in the QW ‘domain fromthe frequency
transformunit la and selects a tine slot at which the linear prediction
analysis by the linear prediction analysis unit 25lel is perfornmed. The

| inear prediction analysis -unit lel perfornms |inear prediction analysis on
the QW domain signal in the selected tine slot as the |inear prediction
analysis unit |le, based on the selection result transmtted fromthe tine
sl ot sel ecti ngmysurient pdjustingbiditn2al, LeRsdndoPeS ofayt be lieh predigtioncy | i near
prediction coefficients and the | ow frequenc-y |inear prediction

coef fi ci ent s.sylithesis filteringt nethwgt fregueneretdarection oatitewiedt from dme tfiltefr
calculates a filter strength paranmeter by using |inear prediction

coef fi ci ent s stfengthe agdjussing| wnit < by twsingthe Hinear myedicsionsegadteiants,unit | p,

obtained by the |ineay prediction analysis _unit lel. To sel ect time slot
by the-time Sigilagdp é{i@ti-ﬁg%iﬁ]{lﬂeﬂppfqd&h%kg T anutagk (REpsesp e s%hécti-on -
met hods using the si povwer . of the domai n signal af .1 hi gh
frequency co BH%t@?[H%ﬁilpgﬁ’“ﬂ‘bdt%al%%PW% adastingeyits ?%g %%e;‘t 3ain a
decodi ng device 21a of t resent i fd t“%)‘nl whi @ E he.descri bed

| at erl, mfayt Eea?:g{ségﬁ %ayt%iggpt?q @EP}?“E%E?SOfp?I@F _% qanTEt I _aB mai nt I
signal o q W : uni p
be a fre_quengsy cpgrrpg(}{lgr%ﬁgcr?ég ed by h%lﬂ%gﬂ% %ﬁ%ﬁ%})gl géloaﬁi(ﬁﬁ%%@gamng t he
signals in thg,@Vih&AQ iﬁ'e[rpep’ee%ﬁé%eg%dgﬁﬁfﬂgt hiifl PRAUSMEIMr o BftopM Bl t 1 a.
The tinme slot selecting t hod y be at” | east one of the nethods descri bed
above, may i nefj@dealaéned@sd sipingriniiody dbtdREeny. f Moe froess wabcthebed
above, or may bé the conbination ther eog.p 20[0120] A sl?oeech decodi ng device
_21a| (zﬂe FI gp %ﬂjvidtﬁRaéljt\sAﬁgmmmRAMpm' adjttk_tiﬂgtmh‘e_ i %ﬂlr, _é’.tzz,emxbgkmt e }; _a]lgysi \(I:\EI I K

i ncludes a , a a a conmuni cati on device, an e |like, ic
are not il | ushe atprecesndf phefocring hinegr ar¢dicitomsynthesishBlteringdh thecodi ng
devi ce 2l1a by_| oadi ng_and, execui_li ng a predeterm_ned, computer program (such

as a conput erfreBwneyr diregtion pBthe riRpHE Signet &ysesing | the dinesr quedistione

fl hart of FI . . _r . .
owehart o coe%iments obtained from the filter strength adjusting unit 2f similar to

that of the linear prediction filter unit 2k, and then multiplying each
15 QMF subband sample by a gain coefficient by using the temporal
envelope obtained from the envelope shape adjusting unit 2s, similar to
that of the temporal envelope shaping unit 2v (process 3). The process
with the individual signal component adjusting units 2z1, 2z2, and 223
may also be a process of multiplying each QMF subband sample with
20 respect to the input signal by a gain coefficient by using the temporal
envelope obtained from the envelope shape adjusting unit 2s, similar to
that of the temporal envelope shaping unit 2v, and then performing
linear prediction synthesis filtering in the frequency direction on the
output signal by using the linear prediction coefficients obtained from
25 the filter strength adjusting unit 2f, similar to that of the linear

prediction filter unit 2k (process 4). The individual signal component
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19) stored in a built-in nmenory of the speech decodi ng device 2la such as
the ROMinto the RAM The communi cati on device of the speech decoding

devi ce 2l1a receives the encoded nultiplexed bit streamand outputs a -
decoded speech signal to outside the speech decodi ng device 2la. The speech
decodi ng device 21a, as illustrated in FIG 18, 5 includes a |ow frequency
| i near prediction analysis unit 2dl, a signal change detecting unit 2el, a
hi gh frequency linear prediction analysis unit 2hl, a linear prediction

i nverse fdteradjmtingivhitsafidi,a 2zRnead Rz8dntdyi awtf petfermutlid t&kPoraist ead of
the | ow frequency linear prediction analysis unit 2d, the signal change

det ecti ng uniemvzépet shepingyprdaess vortby inpat signelabupmeay onipot thevaygi s uni t
2h, the linear prediction inverse filter unit 2i, and.the |inear prediction
filter unit mewl ahdt dpdpeoregecodi ndied@pesss withathe individual isignaldes t he

et er m nes wifOEHRATAT OIS BECUTR P5h Tyhaneh el A% BIVE PR IHBCESne
~determ nes w ' t S : near - - -
" theS o doRbERDIRE e PR FaltioRe BT B e Y s papedody ¢ 1
enerated b i enerat/ iAy 26m..Q time slot
gt whi ch thg #tﬁﬁregirlﬁgFééﬁ%??é(}%&san?ﬁesgi@p(%#ge@i ngﬂ}eng%ér%gj?‘)ﬁgn%% %‘Br ocess at
St Shl). T js : ' ks t4 1 @S [

Cesul ¢ of t nartidalighal Grdd lstindul a, 257, 814 23 ABBLEED Tsi s

uni t 2d1, theyesh $patesshiangRcHel SrING oMirbcdRis ahfthahharbteguency | i near

predi ction analysis unit 2hl, e lihear predictionTnverse filter unit

2i 1, and the ¢ aireesmbirediigtancbittary @rdetiprocdss 7fhe | ow frequency |i near
prediction analysis unit 2dl performs |inear prediction analysis on the QW
domai A0si gnal [0i182] Athe2psekesesewithi the sidividub] sigmat kengmrentrednestings t he | ow
frequency linear prediction analysis unit 2d, based on the selection result
transmtted Ynitimlehe2e2rend|273 seayebei thg same, Bat the indivaduel | Ygnalr equency
| i near prediction coeffjcients (process_at Step Sh2). The, signal change
det ecting uni ¢OrPRANEt AR INEhENHE AZdy 3720 and B omoy 1sheRe BRASHPERN si gnal
in the selected tine slot, t he si.gnal. change detecting,unit. 2e, 5Sbased
on the sel ectTOIORSA] ot GRIHT EWaIITY BSHE LPPCRRBES CHMAR i 1 35,
and outputs ao&%h? G ik 53%%5‘41& l-glgghr %i)e'quency adjusting means by different
15 methods. For example, different processes may be performed on the
copy signal, the noise signal, and the sinusoid signal, in such a manner
that the individual signal component adjusting unit 2z1 performs the
process 2 on the supplied copy signal, the individual signal component
adjusting unit 2z2 performs the process 3 on the supplied noise signal
20 component, and the individual signal component adjusting unit 2z3
performs the process 5 on the supplied sinusoid signal. In this case,
the filter strength adjusting unit 2f and the envelope shape adjusting unit
2s may transmit the same linear prediction coefficients and the temporal
envelopes to the individual signal component adjusting units 2z1, 222,
25 and 223, but may also transmit different linear prediction coefficients

and the temporal envelopes. It is also possible to transmit the same

76




[0142] The filter strength adjusting unit 2f perforns filter strength

adj ustment on the | ow frequency |inear prediction coefficients of the tine
slot selected by the tine slot selecting unit 3a obtained by the low 10
frequency linear prediction analysis unit 2dl, to obtain an adjusted |inear
prediction coefficients adec (n, r1). The high frequency linear prediction
analysis unit 2hl perforns linear prediction analysis in the frequency
direction on the QVEE dormai n signal of the high freqguency conponents

gener at ed by lidwar predictior queffogients radathie tgmporal dyelapestthet 1a5t $wbect ed
time slot rl, based on the selection result transmtted fromthe tinme sl ot
sel ecting unief the, indkvidnal Rigghl tewponant adjustng pritsd2el,i 282, angl Y&3.s uni t
2k, to obtain_a high frequencyégi near .prediction coefficients a"p (n, rl)
(process at SBefAUsR3Y leeshonpidfdas ipdividualisignal cpsmanent pdastipgiunits; 1

performs |inear, p ictjan.inverse filteri , .1 n whiich ae" , I 20 are
BOer et § A 45 TibFanEyS ek TR Y ERBPH e SHRPIE | 1ot he
QVF dogmin of _the high fre nG oRANEN t he selkected. tii lot r 1,
oo theSTi nearPBREH Bo hiEEAEF e FEBRC AL T, % @0EeSEaP She b IEhEL L on
result transng: d {: 178 -selegti uRy (@ol e sgat Step
5h4) . 25[014%&{]‘@9 CFl ea%ﬁgr%d&?%ﬁ%ﬂh}l?sl tzgri’ u%-n@t’ %@1 %%} f*@églr?}@%?i%%ar

predi ction sy ! { i ! eqtf Yo {di i shgnal

i k. 1) r B s, e e P A Of SR 1 om
the high freausiigynads eaitpindromi theZdrimmaryt hiplts eegatmsl adjetisg ehit DBy using
aadj (n, rl) obtained fromthe filter strength adjusting unit 2f, as the

| i near predi cdd arwliolet@f allrthe i2dividad esiigronl domepaeing cidjustinpesaits 2xf,ansmitted
from 5 the tinme slot selecting unit 3a (process at Step 5h5). The changes
made tl6 the |2apaand2&di perifom fthetprocess O, 2ke dempordeenvalopthehapitief i cat i on
3 may also be nade to the linear, prediction filter unit 2k3. To select a
time slot at PHSCEss ihaof inestarmede ancawoisist sigapk cpmpoaentsg and B f or ned,

10 sl ot T i GREahOr R RICGHRTHGHART 81 RGP e n Si gnal dexp (K, 1) of
Lne hiah o FOTROREILS: | S ShSPLPl PRSP BSLSITLARE vabir)
according to &&ﬁp&ﬂéﬁtoa‘ﬁjﬁlﬁin?(&ﬁ%s?ﬁﬂrﬁﬁlf bnd ™23 jl'l'lc?fy be fixed to one of the
15 process 1 to the process 7, but may be dynamically determined to
perform one of the process 1 to the process 7 based on the control
information received from outside the speech decoding device 24¢c. At
this time, it is preferable that the control information is included in the
multiplexed bit stream. The control information may be an instruction
20 to perform any one of the process 1 to the process 7 in a specific SBR
envelope time segment, the encoded frame, or in the other time segment,
or may be an instruction to perform any one of the process 1 to the
process 7 without specifying the time segment of control.
[0134] The secondary high frequency adjusting unit 2j4 adds the
25 processed signal components output from the individual signal

component adjusting units 2z1, 222, and 223, and outputs the result to
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Pexp= Elgexp(k,r)---(42) k=k, 15where Mis a value representing a frequency
range higher than a lower Iimt frequency kx of the high frequency
conponent s generated by the high frequency generating unit 2g, and the
frequency range of the high frequency conponents generated by the high
frequency generating unit 2g may be represented as ki Sk<lcx-FM The
predeterm ned val ue Pexp, Th 20 may al so be an average val ue of Pexp(r) of
a predetermned time width including the tine slot r. The predeteintined

e 0 TSR OERACIERRES s en L RRRLRRY DT 520
Sommr ot SEHLS MENIENHEORY ARURANE LERURS o feipik, T Pes

val ue: P engr')!HIc‘d_)oﬁ' -inbé4dk filterilg B BledNRInpRRULT dirédtfhr hﬁad)egésmsignal

Power may be ‘the signal power in the QW domain of the high frequency
<F:) g)r(rgo x ?ﬁ ’ )s 'fi'f‘etdgig)ﬁiﬂdﬁftre(fﬁdq@énéy Thiaradiegdtidshedingondt) o tRexppiignall) -
5 component, by using the SBR supplementary information received from
the bit stream separating unit 2a3.
[0135] The individual signal component adjusting units 2z1, 2z2, and
273 may operate in cooperation with one another, and generate an -
output signal at an intermediate stage by adding at least two signal
10 components on which any one of the processes 1 to 7 is performed, and
further performing any one of the processes 1 to 7 on the added signal.
At this time, the secondary high frequency adjusting unit 2j4 adds the
output signal at the intermediate stage and a signal component that has
not yet been added to the output signal at the intermediate stage, and
15 outputs the result to the coefficient adding unit. More specifically, it is
preferable to generate an oufput signal at the intermediate stage by
performing the process 5 on the copy signal component, applying the
process | on the noise component, adding the two signal components,
and further applying the process 2 on the added signal. At this time,
20 the secondary high frequency adjusting unit 2j4 adds the sinusoid signal
component to the output signal at the intermediate stage, and outputs the
result to the coefficient adding unit.
[0136] The primary high frequency adjusting unit 2j3 may output any
one of a plurality of signal components in a form separated from each

25 other in addition to the three signal components of the copy signal

component, the noise signal component, and the sinusoid signal
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changes fromthe positive value to the negative value. The novi ng average
val'ue of the signal power, Pexp, MA(r) 10for exanple, nmay be cal cul ated by
the follow ng expression. r+--1 12 Pe x "m(r)= - 11%)(1) ---(46) , =l-- 2
where c is a predeterm ned value for defining a range for calculating the
average val ue. The peak signal power may be cal cul ated by the nmethod

descri bed above, or may be calculated by a different nethod. 15 [0145] At

| east one tinme slot may be selected fromtinme slots incI uded in a tine
width t durin WhICh th domain signal of the h| h.freguency.conponents
transits fro BOTEHy g‘i‘% Wspht]%le §Fé?al? Wﬁ?%q%ﬁn B Qﬁéﬂlb‘?‘fgfb Ypower to
a transient s g ri 0 o] that is
smal | er than %&Bﬁ%gg %?%1 hgé &a}[lﬁe cﬁﬁq E&ﬁg élg}p%ggﬁfiztgg ﬁ;@sglsa y al so
be selected fg Whiich the
si gnal power o %ﬂwgﬁrréal néoggg%qa%?n%dﬁ%ﬂw dﬂ%’? glrjlééllﬂgorrpc;[nents S
changed from ﬁa%vra%bsbé%t mﬁhﬁlt@ot‘éiﬂeﬂ |d§’vﬁﬁ1g%’ﬁ d %@thﬁe%%@%ﬁﬁ state-
with a small variation d that are 1arger than the predeterm %,ed val ue
till. 3he tindgsilodorpienthiteindiiexipnal tp %if, Gthd the sinusoid signal.

P gn

The number of signal components may be other than three, and in this

case, the number of the individual signal component adjusting units may
be other than three.
[0137] The high frequency signal generated by SBR consists of three
10 elements of the copy signal component obtained by copying from the
low frequency band to the high frequency band, the noise signal, and the
sinusoid signal. Because the copy signal, the noise signal, and the
sinusoid signal have the temporal envelopes different from one another,
if the temporal envelope of each of the signal components is shaped by
15 using different methods as the individual signal component adjusting
units of the present modification, it is possible to further improve the
subjective quality of the decoded signal compared with the other
embodiments of the present invention. In particular, because the noise
signal generally has a smooth temporal envelope, and the copy signal
20 has a temporal envelope close to that of the signal in the low frequency

band, the temporal envelopes of the copy signal and the noise signal can

be independently controlled, by handling them separately and applying
different processes thereto. Accordingly, it is effective in improving
the subject quality of the decoded signal. More specifically, it is
25 preferable to perform a process of shaping the temporal envelope on the

noise signal (process 3 or process 4), perform a process different from
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5is smaller than a predeterm ned value (or equal to or snmaller than a

pr edet‘er mi ned val ue) may be the steady state, and the tinme slot r in which
113exp(r+1)-Pexp(r)1l is equal to or larger than a predeterm ned val ue (or

| arger than a predeterm ned value) nay be the transient state. The tine
slot r in which I ,Pexp, mM(r+1)-PexpmA(r)1l is smaller than a 10
predeterm ned value (or equal to or smaller than a predeterm ned val ue) my
be the steady state, and the tine slot r in which 113exp MA(r +1) - PexpmA(r) |

Lieﬁgi’?'r fﬁeﬁﬁﬁ%gﬁéﬁég@:e%fé% %)elf e,piqrggﬁﬁggqvl eSechRd qr @%gﬁ?@ gdte and
my bo det | ndlt A ng, POEPEn S 98k HBQSUPRLE 1ot 1B ORF By 8! hoa "y
7ot hod i 11 orSPOFE Fr%%ﬁ%’ﬂ%égc’%ﬁﬁé DRORER 3, 16 pRERrERe) ﬁg%?%b%’%gf on

thereof [014 fe'yggl'ef ftth 2 @ FERLY of hyepeodi ng
device 1llc (&]re tbcﬁef’;lldr%l%lflctlo SOfEi;jHHDeflrgt(M0 nf?dﬂphysmally
includss a CRenparf@iveiopdAi (R ROIRDEIHNARI AR P&yt the ets@sdrﬂﬂqe, whi ch
are not illustrated, and the CPU integral ’| y controls the speech encoding

device 1lc by: @1girgl . ebxee o gegd asipnald éire rothére dvardsp diee rtepipogalam st or ed
inabuilt-in menory of the speech encodi ng device 11lc such as the ROM
into the RAI\/len‘Plethmshmpmg;pltqcess et perfofmiede speech encodi ng device 11c
recei ves a speech signal to be encoded from outside the speech encoding
devi ce 11c, dRd38L sfieaticant of Farshimhosiieest) bit streamto the outside of

e ol ot iR AR L S R e
unit 0 of 1 RBeBREAREEE ﬁ@ﬁﬂa@%ﬁaﬂﬁ' ipeldfied G158 hﬁPﬁ A BN, 5 G1a7) "
e SR i R, SATB 5o, ee ™
CPU integrally controls the speech encoding device 11b by loading and
executing a predetermined computer program stored in a built-in
memory of the speech encoding device 115 such as the ROM into the
15 RAM. The communication device of the speech encoding device 11b
receives a speech signal to be encoded from outside the speech
encoding device 11b, and oufputs an encoded multiplexed bit stream to
the outside the speech encoding device 11b. The speech encoding
device 11b includes a linear prediction analysis unit lel instead of the
20 linear prediction analysis unit 1e of the speech encoding device 11b, and
further includes a time slot selecting unit 1p.
[0139] The time slot selecting unit 1p receives a signal in the QMF
domairi from the frequency transform unit 1a and selects a time slot at
which the linear prediction analysis by the linear prediction analysis unit
25 lel is performed. The linear prediction analysis unit lel performs

linear prediction analysis on the QMF domain signal in the selected
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10 enbodi nent, and transmts time slot selection information to the bit
stream milti plexing unit 1g4. The bit streamnultiplexing unit 1g4

mul ti pl exes the encoded bit stream cal cul ated by the core codec encodi ng
unit lc, the SBR supplenentary information cal culated by the SI3R encodi ng
unit 1 d, and the filter strength paraneter calculated by 15 the filter
strength paraneter calculating unit if as the bit streamnultipl exing unit
| g, also nultiplexes the tinme slot selection information received fromthe

L ough the. OB et pRE RO RHA sl ke bR At L

! | commny et vFee o ; _devi .

recel ved by i g e R e BmeHidy cfecBhg Al e el bONRAR 8 21,

whi ch wi Il beg %@rﬂgeem LRE u@}{& Hﬁémﬁé%ﬂ%&t’?@n AbetidBitts’ inPkhd [blwe sl ot
Ry déd Th

to be selecte e 1nclu e ti sl ot selection information may

al so be a parfsgidicyuseshripreliR€iohi ¢BefAtRhts el HEd filier RBEh rahttger i Me sl ot
selecting unit 3al. The 25p§peech decodi ng device 21b (se%t@F?éG 20) of the

nmodi fi 6ati on &aleiflatihg unitr $f celeblatese filtagphyengtt pyrammetbube isingChRbleara ROM a
RAM a comunication device, and the |like, which are not illustrated, and
t he CPU i nt egpdicticnoneffitientshef thpdanh shdcoltictayl bie thecbme shotselécsingi ng and
executing a predeterm ned computer program (such_as a computer programfor
perforning préeédpesbiainadkly theelingar predictiopaaradvsis Bpitfes  Foxpledtored in a

built-in ms\rmr,ﬁ_i of the speech deco ing devi_cg Zib such as tqe ROMinto the
RAM The commtiiecHet &y iimg Ppt fRECERE Nt dBeoof RYETIR: & 1983 Gnkcei ves

outsi de the SPRGHIPTIRET ek RS 2R, BORY 0T 48 VR EiniRroaseielng
out i de t he SPECC _ b _ ng
205 and the e igHobSQicity hrpboists. BN IF T BF b RO SRE SFRALE ' "0 "
d the tFlfe 8 G THEP AT stedd of * hebr't i
decodi ng devi L 3R g qoling By 2 A e DLt Fhod Pein PR CARERF

information i beepRfibRUldtar, iy beBed! Ot thiy SRleedt isNreBRhble3that thelhe bit
stream separating unit 2a5 separates the nultiplexed bit streaminto the

filter strengQMPai@nginhesigndlnsf BBRigHpéqrepoy aompaorfentyrai ilentimengot he
encoded bit streamas the bit stream separating unit 2a, and further

separ at es t hesdleeting lwtit slgl det aofregquémeymebinponeliheencoded shypttheeBB&R i ng uni t
3al selects a tine slot based 20 on the tinme slot selection information
transridtted feeeading upit 1&taneens depsiganlsriy thai@Mihdomginnessivesk fremep Sil).
The tinme slot selection informatiaqn_is ﬂ{?or.rration sed for selecting a

time slot, anthe Gedesagypiransipgy WHE lade Thseimg it FEFLie‘éﬁD& HeR94EnaY ot to be
cxapl o 25UsB 4 FFRhGNE Phiveisads e AR ABeHo A coPBea: FACpee
rodi 1t on g 1 B Srmofh ¢ ED clSbribhd VESe ot iy QU g
combination thereof.
20 [0140] A speech decoding device 21a (see FIG. 18) of the modification

4 of the first embodiment physically includes a CPU, a ROM, aRAM, a

communication device, and the like, which are not illustrated, and the
CPU integrally controls the speech decoding device 21a by loading and
executing a predetermined computer program (such as a computer
25 program for performing processes illustrated in the flowchart of FIG

19) stored in a built-in memory of the speech decoding device 21a such

g1



frequency conponents generated by the high frequency signal generating unit
2g may be sbpplied to the tinme slot selecting unit 3al, in addition to the
time slot selection information. The paraneter nmay al so be a predeterm ned
val ue [such as Pexpjh and tm used for selecting 5the tine slot. [0149]
(Modification 6 of First Enmbodi ment) A speech encoding device |id
(not illustrated) of a nodification 6 of the first enbodi nent physically
includes a CPU, a ROM a RAM a comuni cation device, and the |ike, which

ancoti ng devitant 0D oaliERANa LhbehFRRGpiPPETsn G B SBREH:
br ogram st or e i BUELL -1 RN (L dBEaSPSRGlPEACkACEK] Ghql | d such

as the ROM i conmuni cati1on Vi C€é € ‘speech encodi ng
device 1 idr, [ d ] i L] 4@ & &0 0, j t.he speech
15 encoding de ctéea:sLl ,O?%n %ﬁ%g{@aan_ Sncéquﬁ% &egxcggh% tgg"sq_t rgeamt_o
the outside of]at heThpegrbclendRAdng dRMice d1iad. as ThesttAEC FMGOdIg)g” devi ce
|1d includes a short-térm power calculating unit iii, which is not
illustgated, ihgladead hiw theuehoy tidear garadiwﬁbncaiackydiamﬁtgzdni 4 dignedf the
speech encoding device 11 a of the nodification 1, and further includes a
20ti me sl ot siblknge idegeatimgt udip2el| @lkgh fhguericyelistat predictnm agplysist 1p2
receives a signal in the QW domain fromthe frequency transformunit |a,
and sel ects amif hls| at livearr pegsbeidom ginversehilter nindeghlienendita ey t he
short-term power, cal cul ati gn_praqcess i s, perforpged by the short-term power
cal cul ati ng asediction;filtepenit Qgﬁtmﬁtéﬁ%ofg doWairegueicyrgnensinredictiogal cul at es

Lf‘ﬁtsﬂiéteatﬁk%‘ﬁ e 26k e Faes &“fn%tsrﬁieﬁé{tﬁ%%" o e ﬂﬁféesqﬁi%%gﬁl ecting
encoatflg' dovileher PRAREOREEMERITIERhotte AR plib kb iama fBRESo: oo

Erbodi ment) i and the linear prediction filter unit 2k of the speech decoding device

21, and further includes the time slot selecting unit 3a.
[0141] The time slot selecting unit 3a determines whether linear
prediction synthesis filtering in the linear prediction filter unit 2k is to
15 be performed on the signal qe (k, r) in the QMF domain of the high
frequency components of the time slot r generated by the high
frequency generating unit 2g, and selects a time slot at which the linear
prediction synthesis filtering is performed (process at Step Shl). The
time slot selecting unit 3a notifies, of the selection result of the time slot,
20 the low frequency linear prediction analysis unit 2d1, the signal change
detecting unit 2el, the high frequency linear prediction analysis unit 2hl,
the linear prediction inverse filter unit 2il, and the linear prediction
filter unit 2k3. The low frequency linear prediction analysis unit 2d1
performs linear prediction analysis on the QMI' domain signal in the
25 selected time slot rl, in the same manner as the low frequency linear

prediction analysis unit 2d, based on the selection result transmitted
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5A speech encoding device lie (not 'illustrated) of a nodification 7 of the
first embodi nent physically includes a CPU, a ROM a RAM a communi cation
device, and the like, which are not illustrated, and the CPU integrally
controls the speech encoding device lie by | oading and executing a
predeterm ned conputer programstored in a built-in 10 nenory of the
speech encoding device lie such as the ROMinto the RAM The comruni cati on
devi ce of the speech encoding device 1 |le receives a speech signal to be

%???S?eiéﬁmbﬁﬁﬁi € e IO S elRE BT ' &bl Fown REalSh kTRl oo™
1ps, “whi ch | SPRoicRn RePSERR (RBestd i SRR ST T SBRICERRIR L 102

of the speech Jall ; t S+ i h ch
encodi ng devi ge;@%ﬁq%quggg} %F%é%stﬁe a?%y?ﬂféatl;%%ﬁtﬁﬁ g?begl\r% ﬁ%]iita ﬁitehat
furthier T ecei ¥igpaRfh et Balectd QifhE RPotl 1288hE Ispinag &iHaaEE Metddhink J#i82el nst ead
of the 20 bit streamnmnultiplexing unit 1 glT The trne slot “selecting unit
1p3 selsects abadedeorstiel sehectioherebillttrasketttsdieat thgtimeislotleldd@gairibed in
the nodification. 6 of the first enbodinent, and transmts tine slot

sel ection i nf 8aetd outptits 4 Hetebfion s¢sudtdM(ri)! ti pl exi ng unit. [0152]
(Modification 8 of First Enbodi nent) 25A speech encodi ng device (not

i | lustrated) 0#142]nbhe ffiltert soenghoadivkting vt 2hipstiommst fifay siteealgtly
includes a CPU,. a ROM a RA comruni_cation ¢evi ce, d the Like, which

are not ill usﬁ@ﬂﬁgﬂ?ntaﬁﬂ tbﬁﬁO@%@eﬂH@w dlnegr @ 1£HP8 Qoﬁgg%lﬁﬁ@cﬁf élf‘tﬂ:odi ng
Computer proghih Sehsdaci B Bk RS 0neir R Sr e ek devi ce
Gevi cd OF %t neTERbEY dindatitfifedlioh canalysl b A 1biali Ganf SEHGRE, ©"
devi ce of the i C h | cat’l a

h si | 13 b id : i i.ce, d
ohtput's an enkogal BrnpaOr Lo i 3t 413, PRIRCHA ERAMBRTMCEE. B
encodi ng devi g.didiish SPARBIL GO INGofBHhS Sirhr HABHTRBA BN 0% St Ur t her

10i ncl udes the tinme slot “sel ecting I p in addition to those of the

nit

e e sbolerShiese et QU ondl o of 8 igisenapeech
components generated by the high frequency generating unit 2g for the l

15 selected time slot r1, based on the selection result transmitted from the

time slot selecting unit 3a, as the high frequency linear prediction

analysis unit 2k, to obtain a high frequency linear prediction coefficients

aexp (1, 1) (process at Step Sh3). The linear prediction inverse filter

unit 2i1 performs linear prediction inverse filtering, in which a.,, (n, r1)

20 are coefficients, in the frequency direction on the signal ey, (k, 1) in the

QMF domain of the high frequency components of the selected time

slot rl, as the linear prediction inverse filter unit 2i, based on the

selection result transmitted from the time slot selecting unit 3a (process

at Step Sh4).

25 [0143] The linear prediction filter unit 2k3 performs linear prediction
synthesis filtering in the frequency direction on a signal gug;(k, r1) in the

&3 i



of the first enbodi nent physically includes a CPU, a ROM a RAM a

comuni cati on devi‘ce, and the like, which are not illustrated, and the 15
CPU integrally controls the speech decodi ng device of the nodification 8 by
| oadi ng and executing a predetenni ned conputer programstored in a built-in
menory of the speech decoding device of the nodification 8 such as the ROM
into the RAM The comruni cati on device of the speech decodi ng device of the
nodi fication 8 receives the encoded 20 nultiplexed bit stream and outputs

a decoded sp ignal tQ,the side of the speech, d din evice. The
speech decodﬁﬁ@%%ﬁ@@mﬁbgﬁﬁqqu(‘?ﬂw&?@ %8Pt3"ﬁ§€?}?}e CtHE™ ow
frequency Ii redi Gt I~y S] I - th I ge, detecting
ni ¢ 201 ¢ hatausRey ARl AR L3 Uy delecteorins BpP I BB G

| i near predichi LAV i | i [ -g@&i%t birngara.predicti on
filter unit gﬂg%t%@?gagbgfﬂ%eﬁlfégw%%ge%dg i ég’r&t_ %?’egsctpgo%%aa%a! ysi s
uni t 2d, the FbaRabnCHREIENIt D& BaLeDOn WAk sk tiohN@stilt HhrfshRAHE TRl I near
prediction analysis unit 2h, the linear prediction inverse filter unit 2i,
and thg |ineateptiRdi sibt eBlectihpennivrBa (Floceds aheStspedicd). datedihgngievi ce
described in the nodification 2, and further includes the tine slot

sel ecti ng unitmadato §{Olinedr prbdidiibhddtdrami®Zkidekinilsed Fnthedinodification A
speech encodi ng device (not illustrated) of a nodification 9 of the first
enmbodi ment phd viayadlby bermadelts the Iomtar mredichpndilRamnit2kdbrminiselact an devi ce,
and the like, which are not illustrated, and the CPU integrally controls

the speech erié®gishef alevhich toe lincar prerlictiensypiesisgiléenng 1opertagnethd
executing a predeterm ned conputer program stored ion a huilt-in,menory of

t he speech en‘r@écﬁxﬁ@lpgge\fgﬁ@né? sfoﬁgeLﬁggpgi mi?%ﬁn@’ selest %{cge?ﬂé)%ﬂnﬁnto t he
RAM e co nj catign .davice of the speec codin evihce t.h

nodi fi-{@ati on 0#5%?’3’&@ ﬁlesi}gg&pgw%gfﬁ}eoéﬁéﬁ%%gﬁgl}%rﬂc@ﬁssg)d:g t he
speech encodi i i %{&p i t. stream
to the outsi c}{ggo]ﬁ%#hgg%%eg{e%gh‘?@r} 0 |%§qsd§?%tgpwﬁgqs%%g% eE)IlélncodiV%J!(Ejltedevi ce of
the nodificatpon 9 ipciu ti SEeLGld Wby | i ngt pad of the
time slot sel}!()ae(’:qfr}{hng IISn%St ?)I?%fegﬂﬁ? h%wggg!ﬁceeﬁlcodi%mdg%gg (g}eélé ﬁéﬁ@d in the
nodi fi cation &;Co}@ggsaqﬁ@ﬁm@@mr%y@ge of the nodification 9 further
includes a bit 20 streamnultiplexing unit that receives an output from
the tinme slot selecting_unit |pl™s ddi ti,on 2o the input supplied to the
bit stream nul tipl exing %i(f‘)dﬁscébqgeyc]ﬁ,ﬂ” { modi f +-e@2)on 8, instead of

the bit streamnmultiplexing unit scribed in the nodification 8.

[ 0155] A speech decodi ng device (nagt illustrated) of the nodifjcation 9
15 where M 1s a value representing a frequency range higher than a lower

limit frequency ky of the high frequency components generated by the
high frequency generating unit 2g, and the frequency range of the high
frequency components generated by the high frequency generating unit
2g may be represented as k,<k<k,+M. The predetermined value Pey, 1y
20 may also be an average value of Py (r) of a predetermined time width
including the time slot r. The predetermined time width may also be
the SBR envelope.
[0144] The selection may also be made so as to include a time slot at
which the signal power of the QMF domain signal of the high frequency
25 components reaches its peak. The peak signal power may be
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250f the first enbodi nent physically includes a CPU, a ROM a RAM a
communi cation device,” and the |ike, which are not illustrated, and the CPU
integrally controls the speech decodi ng device of the nodification 9 by

| oadi ng and executing a predeterm ned conputer programstored in a built-in
menory of the speech decoding device of the nodification 9 such as the ROM
into the RAM The comruni cati on device of the 5 speech decodi ng device of
the nodification 9 receives the encoded nultiplexed bit stream and outputs
a decoded speegh si | to the putside of the speech _decodi ng device. The
speech decodi ¥ C‘a%{‘ﬁggi% xalnpéle RS R oh o P}ﬂ%ﬁﬁagéﬁ%ﬁhe tinme slot
selecting unit 3al instead of the tine slot selecting unit 3a of the speech
decodi ng devi ce described in }10 hZ&(wD ificaLLQ@3 . The speech decodi ng
device of the nodification 9 f@f&> i ficludes a'bit stream separating unit
that separates at (n, r) described in the nodification 2 instead of the
filter strengbhiRadgnEliRfwa! ahdehdbéalstippalheerahity htHedikndasowenst ead- of
the bit strean1sepag§?#§é uni t 2a.p15[0 SG?ﬁ(Nbd??étation % oﬁagecond
Enbodi ment)  in the QivEPpdentfaire b teh highdeyqiemcy 2anffdiEnts16f thef timensdstif i cat i on
1 of the second enbodi nent physically includes a CPU, a ROM a RAM a
comuni5cat i onatehichetheaeslt & | i ke, which are not illustrated, and the CPU
integrally controls the speech encodi ng device 12a by | oading and 20
executing a predetermyed c ut gry praggrams ed in a built-in nmenory of

t he speech encodi ng gEQﬁgﬁmﬁgg'Eaﬁh—a22& &1, nto the-EAM The

communi cati on device of the speech encodi ng device 12a receives a speech

Sutpat s an enCRGRFomIPE BoRRttEF VARe AP RNE YHre: ddPer ORI peech
encodi ng devi 12a. ... Th ch:;en i ng device 12a includes the |inear
prediction an%ﬁ?@ggvaﬁpﬁ%ﬁgggﬁﬂgqngggf the |linear prediction analysis
unit |l e of the speech encoding device 12, and further includes the tine

sl ot selecting unit Ip. [0157]f~A s  Yecodingagevi ce 22a (see FI G 22) of
the nodification exp, Aeé q49¥

10 for example, may be calculated by the following expression.
|
—_ 13 P ¢
&xp,m (7‘) - E Z exp (]” ) “'(46)
r'=r—%

where ¢ is a predetermined value for defining a range for calculating the
average value. The peak signal power may be calculated by the
method described above, or may be calculated by a different method.

15 [0145] At least one time slot may be selected from time slots included
in a time width t during which the QMF domain signal of the high
frequency components transits from a steady state with a small variation
of its signal power to a transient state with a large variation of its signal
power, and that is smaller than a predetermined value ty,. At least one

20 time slot may also be selected from time slots included in a time width t
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1 of the second enbodi nent physically includes a CPU, a ROM a 5 RAM a
comuni cation device, and the like, which are not illustrated, and the CPU
integrally controls the speech decodi ng device 22a by | oadi ng and executing
a predeterm ned conputer program (such as a conputer program.for perform ng
processes illustrated in the flowhart of FIG 23) stored in a built-in
menory of the speech decoding device 10 22a such as the ROMinto the RAM
The conmuni cati on device of the speech decodi ng device 22a receives the

encoded nul ti pl exed, bit stream and o ut ecoded.speech.signal to the
outside of ¢ HBTKG RSB aIEAG) Bovcs oTos. OV ERUE T S o e e ce 20a.
as illustrated in FIG 22 | n%l ydes the,low fr?{-‘fqﬁ%%n%% Ititnearthprﬁdi ction

anal ysis unit eq@1§§1§omﬂgn@%ﬁ%|c gﬁ% Y8t 2 be Mg o 28 ¢ nE gh
frequency Ii iCld hS I .-t h i i gt.l.on

[ nvgr se ?‘/i I tmaﬁfb%l e[gi z%tkgﬁy ?{r%géaﬁ%lrae%%pi%?h gIrla H%ﬁt% %%gg}aﬁl a |inear
prediction i I y ezl | at Al i d rpf1ythe high :
frequency i %gﬁgéﬁﬁﬁegﬁﬂﬁﬁf 'sigﬁﬁﬁ]#?é %?Pﬁgm?%?}ﬁ%l d?‘@‘ﬂ’ﬁ?)'n i nver se
filtersunit Z, shiléer #0nl 4 ieadeterBiicdt vARef (ort&fualinbt or2kdhallenthdhe | i near
prediction interpol ation/extrapolation unit 2p of the speech decodi ng

device 22 of predeteemonsd ealm@%ﬂimmntbe tiedsteudy heate] aatuiiestimbeslot meins| ot
selecting unit 3a. [0158] The tine slot selecting unit 3a notifies, of

the sel ecti onwhehuPt,,@f1 2R bér)t isnemml ¢o or idrgehthgin 4 pegletarnynéd nehre
prediction analysis unit 2hl, the linear prediction inverse filter unit

2i 1, the |inet@r lpigetithan ampredetemningdi valugkmay diedthenisansiensstatgr edihet i on
coefficient interpol ation/ext rapgll)ati on unit 2pl. The linegar prediction
p

coefficient iWHgr piftatt of/ exkicapol apusdtbiecpdThbiti saller than )

wii ch 1P, near pedstcERIts oo APeFenldo T (hah Erreatpgeg )

it e pol 2%285?%%?%%2@?! %}éa‘éﬁhtl 19 ok B, PREE Sty oty bl h
: . . ‘ VT

[ noar pr odi i PBRAR T Dot oI 3E sSal oot Brbor b RERR Al SRR &

filtering in Gd?%%e@%ﬁ[‘ﬁ}@réﬂd}ft@ﬁhhﬁ@l PAuEpinalbe ﬂie)tr@h‘slﬁéﬁ’ttstiﬂ‘é?mﬁﬁé_e hi gh

10 frequency adjusting unit 2] for the selected time slot rl by using all

(n, rl) bei ngirimdientpstatt efd ahe exéadspetass athyabd dﬂﬁr&jdnﬂsin%rmm ihbthdd near
predi ction coefficient interpolation/extrapolation unit 2pl, as the linear
predi dti on fi teseribediabo2k 1o maydesdefaedsnpg Sifdrenb asdbods tHee tirleect i on
result transmtted fromthe tine slot selecting unit 3a. The changes 15
nmade to the |$labselestingi wethnd man e ainleasbrngeafcthersmptheds Hesardtidi i cati on
3 of the first, enbodi nent y al so be made .t he | inear prediction filter
unit 2k2. [omlmve(,%wm@agg 5hlenshpneapead s eIy those described'

above, or may be the combination thereof.
[0146] (Modification 5 of First Embodiment)

20 A speech encoding device 11c (FIG. 45) of a modification 5 of
the first embodiment physically includes a CPU, a ROM, a RAM, a
communication device, and the like, which are not illustrated, and the
CPU integrally controls the speech encoding device 11¢ by loading and
executing a predetermined computer program stored in a built-in

25 memory of the speech encoding device 11c such as the ROM into the

RAM. The communication device of the speech encoding device 11c
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A speech encoding device 12b (FI G 47) of a nodification 2 of 20 the second
enbodi nent physically includes a CPU, a ROM a RAM a conmuni cati on devi ce,
and the like, which are not illustrated, and the CPU integrally controls

t he speech encoding device lib by | oading and executing a predeterm ned
conputer programstored in a built-in nmenory of the speech encodi ng device
12b such as the ROMinto the 25RAM The conmuni cati on devi ce of the speech
encodi ng device 12b receives a speech signal to be encoded from outside the
speech encodi Vi C i t put n d i X it stream
to the outsi gjgg‘%?/gfhée ﬁéélghmgﬁglogynggdé%@ggﬁlﬁoqﬁﬁgﬁg%éeghg gegg i ng

device 12b | Nl bbick 1T, alPbufsheahicEoll infiRplodfthishbimabr cam

mul ti pl exi ng unit I nstead o e time slot se ting unit and the 5

bit stream muhbiqltsidend el dpedd? efbodilg &SN 1ENCTHENGDEElY efifodidg Of the
nodi fication 1. The bit streamnultipl éxing unit 1g5 nul tipl exes The

encoded bit sdavé@nidal gxhalegda hjmée mot@elecﬁﬂ%amien@adm@ it streamt he SBR
suppl ementary i nformation cal cul ated by the SBR encoding unit |d, and

i ndi ce$ of t hauttiptexisipatrst ¢g4rimspaddifitgettone Iskotpedectingehit 19 anidnibar
prediction coefficients received fromthe |inear prediction coefficient
quant i zi ng urlit strgamgneltiplesing anttelgwhihet spseelx enepdingdeyisz, 1buef ther

mul ti pl exes the tine slot selection information received fromthe tine sl ot
sel ecting unifiloﬁ-]eﬁcflfﬁloar‘i]d outputs the nultiplexed bit streamthrough the

i i i f. th h di i 12b. . 15 [[0160] A h
somun eat! on 5 5% oLt Baecl, S1e0¢ a0 v o0 128,113 LOIGOL A speec
nbodi hysi | v includ CR . i l devi ,
erbod ront, D] Btk RS AP Beec TS, oo
the spgech de&ﬁﬂb{iﬁgﬁxj%ﬁ," & 1?%% Ys HRAdIsNG ANEEiES AiBnPEAR! M ned

conput ér progfam as a conput er program for perform ng processes

i1lustrated igrdne rﬁhﬂiﬁé‘,ﬂhg @it Eg@. 25)heShAT ffba 1Au '1é:£jn'ﬁmrﬁf~' gy of the

speech decodi ng device 22b Such as the ROMinto the M The co ni cation

devi ce of themapgsiekeriahodemdddayibite sBidbnr eakiulgedt bg ducased daddd pl exed
bit stream and outputs a decoded speech signal to the outside of the

speech 25decoshicuglimeunitd 22 SBiResigpdementhey ddfonmatieni caécid2ied asthe
illustrated in FIG 24, includes a bit stream separating unit 2a6_and the
time slot sebPBB: emepding tundaid; aed dbel fiter tsteenpgth paraneeiar selsalaied by unit 2al
and the tinme slot_selecting unit 3a of the, speech decodi ng, device 22a
descrilBed i n tge fisai W%tﬁoﬂarﬂneéﬁd celawtating tunik| e @f ofhel Sito sHERMoN | s

supplied to the,ti.ne. sl ot .sel ecti unit.3al. The bit stream separatin
unip[) 226 multiplexing unit " 1g, a8 mu}tlpefexes the time® 'SIot Selection g

inforination received from the time slot selecting unit 1pl, and outputs

the multiplexed bit stream through the communijcation device of the

speech encoding device llc. The time slot selection information is

20 time slot selection information received by a time slot selecting unit 3al
m a speech decoding device 21b, which will be describe later, and for

example, an index rl of a time slot to be selected may be included.

The time slot selection information may also be a parameter used in the

time slot selecting method of the time slot selecting unit 3al. The

25 speech decoding device 21b (see IIG 20) of the modification 5 of the
| first embodiment physically includes a CPU, a ROM, a RAM, a

&7




Sseparates the multiplexed bit streaminto aH (n, r) being quantized, the

I ndex xi of the correspondlng time slot, the SBR supplenentary information,
and the encoded bit streamas the bit strean1separating unit 2al, and
further separates the tine slot selection information. [0161] (Modification
4 of Third Enbodi nent) 10e---(47) described in the nodification 1 of the
third enbodi nent nay be an average value of e (r) in the SBR envel ope, or
may be a value defined in sonme other manner. [0162] (Modification 5 of

enbod lr'?e”ﬁf,‘" g R ?lﬁtﬁ%nﬁﬁ%pe Sagonsfyey St e s h
The ad) ust ed EantEr Ay BREERShE B ARF NI B8%1ce I Uy IERRI RIS o4 "oy
the QWF subband 7@5@&6 prE@éteﬁﬁﬁféH' @mgﬁtérhgr@ga@ﬁf ShEH 4528) caRpu

expressions 20(37) and(38). e jadj ,Th---(48) [01 S]é?( Fourth
“Enbodi ment) program for perRRgeeH p&ﬁ@é&@éﬁﬁlﬂﬁkﬁbﬁt@@ iA4hé Hléwélart off ¥l fourth

enbodi ment physically includes a CPU, a ROM a RAM a 25conmuni cati on
devi ce5 and t2ig stared, inwhibwilt-iarmemuotry idflthe spedohdiecadthg device 21b such
as the ROM into the RAM. The communication device of the speech
decoding device 21b receives the encoded multiplexed bit stream and
outputs a decoded speech signal to outside the speech decoding device
21b.

10 [0148] The speech decoding device 21b, as ﬂlustrated’ in FIG 20,
includes a bit stream separating unit 2a5 and the time slot selecting unit
3al instead of the bit stream separating unit 2a and the time slot
selecting unit 3a of the speech decoding device 21a of the modification
4, and time slot selection information is supplied to the time slot

15 . selecting unit 3al. The bit stream separating unit 2aS separates the
multiplexed bit stream into the filter strength parameter, the SBR
supplementary information, and the encoded bit stream as the bit stream
separating unit 2a, and further separates the time slot selection
information. The time slot selecting unit 3al selects a time slot based

20 on the time slot selection information transmitted from the bit stream
separating unit 2a5 (process at Step Sil). The time slot selection
information is information used for selecting a time slot, and for
example, may include the index rl of the time slot to be selected. The
time slot selection information may also be a parameter, for example,

25 used in the time slot selecting method described in the modification 4.

In this case, although not illustrated, the QMF domain signal of the high
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CPU integrally controls the speegch encodi ng device 14 by | oadi ng and
executing a predeterm ned conputer programstored in a built-in nenory of
t he speech encodi ng device 14 such as the ROMinto the RAM The

comuni cati on device of the speech encoding device 14 5 receives a speech
signal to be encoded from outside the speech encodi ng device 14, and

out puts an encoded nmultiplexed bit streamto the outside of the speech
encodi ng device 14. The speech encodi ng device 14 includes a bit stream

The speoch orbOuISRbYacoraestysy spandd 1) ORIl | BRbed Sheati 2,
nbodi t, ' : - I ' it |
and.the. envelis e 2B Ay BE aBF I inE A AR i Bl Ng '

devi ce 13, T QefioThe Hl sl SR MUctioR] RbARLS0A! 162 ibiephexay Lhe

encoded bit stream cal cul ated by the core codec enc unit I c and the

SBR 15 supplgs®Bea prelbfetiimdd ¢Muedbedt a4 Bd Jﬂ%/aﬂd]ﬁm defrQ@idegingnit 1d as-

the bit streamnmultiplexing unit |g, converf&the filter st rengt h "par anet er
cal cul gt ed bytheh#né sloter strength parameter calculating unit and the

envel ope shape paraneter cal cul ated by the envel ope shape paraneter

cal cul ati ng Ubild9] iModificatien 6 edporst Engmditnepe) suppl ementary 20
information, nmultiplexes them and outputs the nultiplexed bit stream
(encoded mul ti pl exddspiaechsinceding dwwghdt{n@t ﬁhmatﬁdg@fiadnoadina@@nof t he

speech encodi ng .devi.ce 14. [0165] (Mbdif|cation f Fourth odi nment)
A speech encddPhihegiistem FT@X@?QBF i i é@ilaiaoﬁ'bMofF @& fourth

ana the 11 ke, Cparidyriof tViEe, Gl Vo ulie, Wi acE DewhSTREAF ey Heont o1 o
A A S . e me
compu Cp oo o BRetiEl (b, M Rt MR tereRY LE%Q?A%?%? fo devi e
14 igta. T L oAb i -

encoding devi CEoTINE B PROBRIEtd Do B D ey B R Dt o e

the speech engedidiy sleieCPetlia endbdingUddits 128 sBRRMEHeRIOM Fheyag bi t

streamto the outsfde of the speech encodi ng device 14a. The speech
encodi ng devi RaM4a Thictagsmidigidn dedee preké epearh anddysd deviaktl lide!

i nstead of the linear prediction analysis unit |le of the speech encoding
devi ce 14 of receives a speech signal to be encoded from outside the speech
15 encoding device 11d, and outputs an encoded multiplexed bit stream to
the outside of the speech encoding device 11d. The speech encoding
device 11d includes a short-term power calculating unit 1il, which is
not illustrated, instead of the short-term power calculating unit 1i of the
speech encoding device 11a of the modification 1, and further includes a
20 time slot selecting unit 1p2.
[0150] The time slot selecting unit 1p2 receives a signal in the QMF
domain from the frequency transform umit 1a, and selects a time slot
corresponding to the time segment at which the short-term power
calculation process is performed by the short-term power calculating

25 unit 1i. The short-term power calculating unit 1il calculates the

short-term power of a time segment corresponding to the selected time
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10t he fourth enbodi nent, and further includes the time slot selecting unit
| p. [0166] A speech decodi ng device 24d (see FIG 26) of the nodification 4
of the fourth enbodi ment physically includes a CPU, a ROM a RAM a
conmmruni cation device, and the |ike, which are not illustrated, and the 15
CPU integrally controls the speech decodi ng device 24d by | oadi ng and
executing a predeterm ned conputer program (such as a conputer program for
perform ng processes illustrated in the flowhart of FIG 27) stored in a

bt 17 e otk SRSEERGHRSEHTEAENAR G4 UGl end N B o the
recel ves the fipaded i BLGISELE Sosl COmARg. Aot] biaydegaden specch

decodi ng devigRodftth d@fck || #oF fiRd #@dificdric 26, includes the |ow frequency
| i near prediction analysis unit 2d1, the signal change detecting unit 2el,

t he high frec{@qsq;y (MdlﬁﬂéatMrﬁﬁbfﬁl@ﬂE@ﬁtﬂidiﬁieﬁt)%uni t 2hl, the linear
prediction inverse filter unit 2i1l, and the li'near prediction filter unit
2k3 inStead of theA specchaqwedioyg déviead 1 p(eat ithistratedyodlaysbdifivation2d, the
signal change detecting unit 2e, the high frequency linear prediction
anal ysi s uni t7 2fithet first eimwakimentephysicadly invhadese €PU, erROM a2 RiAMaad t he
linear prediction filter unit 2k of the speech decoding device 24, and
further incl vgsemuRicationedeyiee, and e like, which ate nohHlustigask and Beenvel ope
shapi ng unit hapes_.the signal in the .F domai n_obt ai ned fromthe

| i near predi cé%yﬁmft grally QS’WP%ZTE@ et CREPR eéfh%o}]gq EEA 185@11@

i nformation obt ai {'Ied fromOI&he en%//&'I ope spape_ad_'éust h?n%guni t 2@1 as the
tenporal envePSTEUEE afi REPASIRTIIBE oFORRRIE hPTE e SHHEND & HRRGEY ¢ n
enbodi gent , ifd ' ner eqf: tiq. St .410[ 0167]
( Modi ;1 pgat i oﬂﬂgn{gpﬁégﬁ‘fﬂtehépé%%gﬁ?r%%@ % &%Cé @Zgggggca% %‘gclg@%\?gﬁt) et\;lljece 24e
(see FIG 28) pina lof & Gt ay] O J5RI Le@alal y
includes a CPU, a g%e% mﬁﬁgg%ﬂﬁg?%%g%%ﬁc% anag Fﬁgﬁki@g, whi ch
are not il usteeatved, aa%fches@bﬂitﬂt &gl ahtyded kel Sutdide stheespestpcodi ng

devi ce 24e by | oading an
encoding device 1le, and outputs an encoded multiplexed bit stream to
the outside of the speech encoding device 1le. The speech encoding
15 device 1le includes a time slot selecting unit 1p3, which is not
illustrated, instead of the time slot selecting unit 1p2 of the speech
encoding device 11d of the modification 6. The speech encoding
device 1le also includes a bit stream multiplexing unit that further
receives an output from the time slot selecting unit 1p3, instead of the
20 bit stream multiplexing unit 1gl. The time slot selecting unit 1p3
selects a time slot as the time slot selecting unit 1p2 described in the
modification 6 of the first embodiment, and transmits time slot selection
information to the bit stream multiplexing unit.
[0152] (Modification 8 of First Embodiment)

25 A speech encoding device (not illustrated) of a modification 8 of

the first embodiment physically includes a CPU, a ROM, a RAM, a

50




15 executing a predetermni ned conputer program (such as a conputer program
for performng processes illustrated in the flowhart of FIG 29) stored in
a built-in menory of the speech decodi ng device 24e such as the ROMinto
the RAM The conmuni cati on device of the speech decodi ng device 24e
receives the encoded nmultiplexed bit stream and 20 outputs a decoded
speech signal to the outside of the speech decodi ng device 24e. In the

nodi fication 5, as illustrated in FIG 28, the speech decodi ng devi ce 24e

om ts the hi gfyhhRANGAON HEVIBAT ad Bl Glkb ONIAGKRlaYS hot URisirafdtl adiifche |inear
prediction inverse filter unit 211 of the speech decodi ng device 24d

described i n CpeJ imeéhlloajontb] #Hd@ieccRrnbed @i ddvask bty eedbfdtiophe fourth
enbodi ment as the first enbodi nent, and includes a tinme slot selecting unit

3a2 and a t enpbydbadmgednapexeshtippagpredeterRiied ¢ompetad podgrahestoreteins| ot
selecting unit 3a and the tenporal envel ope shaping unit 2v of the speech
decodi ng deviabuiltdin némogpetthe seecliangodang devigd @fdhe anedificgiéentBhe or der
of the linear prediction synthesis_filtering perfornmed by the Iinear

predi ci on fi$uckr agidhe RN dple thet RAMenpdicarompyBliegions Hepicerhtscess

f d by th al | haping .unit 2vl wh Cessi d
per for ed, by Shie L emotal, Envel OPRSIERIG NI 203 Miose B aegspyng o der
Chehi oh 71 oot esodts fn g ae B Vnseh sfplecte bt SBHs e shape
adj usting uni &, 2885 ififeL &Y ch-ea?ﬂ‘i:S'@18%1&5&?18‘&gﬂa‘é”éﬂee%ﬁ’exﬁggirnggf‘i ?i a

signal co

ry in the QW i nei i cglﬁgpdg 0 i i t enpor al
envel ope shap?i%gﬁﬁ'ni ?hgv%ﬁygl%go&ﬁjo%tl es v?%]ee%t}?/ﬂr#ée gfoodtlﬁg% ecl?&?r%ﬁgﬁrlt 3a2 of
par angter s obfrahndks hheind biot belRBAAR hinRMEIPREdition Be titbeSifrBedpedth 15

paraneters cal cul ated by at | east uSing the paraneters. obtained when the
t enpor al envebmarlihg deeiceglestrapediirath etrhodifilationel ecti on i nformati on. The

time slot selection information may be e(r) of the expression (22) or the
expressi on (4001534rAlspeedii decadlingidemice{mot dlaatemtedouf thpanadifwation &ot
APPLT e AUrt NG e fivet embodiment physicalty iacldes a CBU, 2 ROM, a RAM, 5 O
communication device, and the like, which are not illustrated, and the
15 CPU integrally controls the speech decoding device of the modification
8 by loading and executing a predetermnined computer program stored in
a built-in memory of the speech decoding device of the modification 8
such as the ROM into the RAM. The communication device of the
speech decoding device of the modification 8 receives the encoded
20 multiplexed bit stream, and outputs a decoded speech signal to the
outside of the speech decoding device. The speech decoding device of
the modification 8 further includes the low frequency linear prediction
analysis unit 2d1, the signal change detecting unit 2el, the high
frequency linear prediction analysis unit 2hl, the linear prediction

25 inverse filter unit 2i1, and the linear prediction filter unit 2k3, instead of

the low frequency linear prediction analysis unit 2d, the signal change
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20(such és SBR envel opes) <bl+1---(49) may al so be used, and the expression
(24) that is the average value thereof e(i ---(50) 101 may al so be
used as the tine slot selection information. It is noted that: bl+l

detecting unit 2e, the high frequency linear prediction analysis unit 2h,
the linear prediction inverse filter unit 2i, and the linear prediction filter
unit 2k of the speech decoding device described in the modification 2,
and further includes the time slot selecting unit 3a.
5 [0154] (Modification 9 of First Embodiment)
A speech encoding device (not illustrated) of a modification 9 of
the first embodiment physically includes a CPU, a ROM, a RAM, a
communication device, and the like, which are not illustrated, and the
CPU integrally controls the speech encoding device of the modification
10 9 by loading and executing a predetermined computer program stored in
a built-in memory of the speech encoding device of the modification 9
such as the ROM into the RAM. The communication device of the
speech encoding device of the modification 9 receives a speech signal to
be encoded from outside the speech encoding device, and outputs an
15 encoded multiplexed bit stream to the outside of the speech encoding
device. The speech encoding device of the modification 9 includes the
time slot selecting unit 1p1 instead of the time slot selecting unit 1p of
the speech encoding device described in the modification 8. The
speech encoding device of the modification 9 further includes a bit
20 stream multiplexing unit that receives an output from the time slot
selecting unit 1pl in addition to the input supplied to the bit stream
multiplexing unit described in the modification 8, instead of the bit
stream multiplexing unit described in the modification 8.
[0155] A speech decoding device (not illustrated) of the modification 9
25 of the first embodiment physically includes a CPU, a ROM, a RAM, a

communication device, and the like, which are not illustrated, and the
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le(r)12 e@b. [0169] The tinme slot selection information may al so be e(r)
of the 5 expression (26) and the expression (41), or le(r)2 to which the
square root operation is not applied during the calcul ation process. A
plurality of time slot segnments (such as SBR envelopes) bl 5 r <bl ---(52)
and the average value thereof jexp (0,(i) exp may al so be used as the tine
siot selection information. It is noted that: eexp(r)-(54) expk+

CPU integrally controls the speech decoding device of the modification
9 by loading and executing a predetermined computer program stored in
a built-in memory of the speech decoding device of the modification 9
such as the ROM into the RAM. The communication device of the
5 speech decoding device of the modification 9 receives the encoded
multiplexed bit stream, and outputs a decoded speech signal to the
outside of the speech decoding device. The speech decoding device of
the modification 9 includes the time slot selecting unit 3al instead of the
time slot selecting unit 3a of the speech decoding device described in
10 the modification 8. The speech decoding device of the modification 9
further includes a bit stream separating unit that separates ap (n, r)
described in the modification 2 instead of the filter strength parameter of
the bit stream separating unit 2a5, instead of the bit stream separating
unit 2a.

15 [0156] (Modification 1 of Second Embodiment)
A speech encoding device 12a (FIG 46) of a modification 1 of
the second embodiment physically includes a CPU, a ROM, a RAM, a
communication device, and the like, which are not illustrated, and the
CPU integrally controls the speech encoding device 12a by loading and
20 executing a predetermined computer program stored in a built-in
memory of the speech encoding device 12a such as the ROM into the
RAM. The communication device of the speech encoding device 12a
receives a speech signal to be encoded from outside the speech
encoding device 12a, and outputs an encoded multiplexed bit stream to
25 the outside of the speech encoding device 12a.. The speech encoding

device 12a includes the linear prediction analysis unit lel instead of the
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15The time slot selection information may al so be ead, (r) of the expression
(23), the expression (35) or the expression (36), or may be leadi(r)12 to
whi ch the square root operation is not applied during the calculation
process. A plurality of time slot segnments (such as SBR envel opes) b. <r
<b.--(56) - 5and the average val ue thereof may al so be used as the tine
slot selection that: _.7=b, eadj(z) = bi+i -1

linear prediction analysis unit 1e of the speech encoding device 12, and
further includes the time slot selecting unit 1p.
[0157] A speech decoding device 22a (see FIG. 22) of the modification
1 of the second embodiment physically includes a CPU, a ROM, a
5 RAM, a communication device, and the like, which are not illustrated,
and the CPU integrally controls the speech decoding device 22a by
loading and executing a predetermined éomputer program (such as a
computer program for performing processes illustrated in the flowchart
of FIG. 23) stored in a built-in memory of the speech decoding device
10 22a such as the ROM into the RAM. The communication device of
the speech decoding device 22a receives the encoded multiplexed bit
streamn, and outputs a decoded speech signal to the outside of the speech
decoding device 22a. The speech decoding device 22a, as illustrated
in FIG. 22, includes the low frequency linear prediction analysis unit
15 2d1, the signal change detecting unit 2el, the high frequency linear
prediction analysis unit 2h1, the linear prediction inverse filter unit 2il,
a linear prediction filter unit 2k2, and a Ilinear prediction
interpolation/extrapolation unit 2p1, instead of the high frequency linear
prediction analysis unit 2h, the linear prediction inverse filter unit 2i, the
20 linear prediction filter unit 2k1, and the Ilinear prediction
interpolation/extrapolation unit 2p of the speech decoding device 22 of
the second embodiment, and further includes the time slot selecting unit
3a.
[0158] The time slot selecting unit 3a notifies, of the selection result of
25 the time slot, the high frequency linear prediction analysis unit 2h1, the

linear prediction inverse filter unit 2il, the linear prediction filter unit
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Eeadi (r) Jadj (i)12r=br bi+l-b The time slot selection information may al so
be eadiscal ed(r) of the expression (37), or may be leacri, scaled(r)12 to
whi ch the square root operation is not applied during the calculation
process. In a plurality of tine slot segnents (such as SBR envel opes) 15bir
<bii---(60) and the average val ue thereof e acij ,scaled(i), my
al so be used as the tine e adj,scaled(r) ---(63)

2k2, and the linear prediction coefficient interpolation/extrapolation unit
2pl. The linear prediction coefficient interpolation/extrapolation unit
2p1 obtains ag(n, r) corresponding to the time slot r1 that is the sclected
time slot and of which linear prediction coefficients are not transmitted
5 by interpolation or extrapolation, as the linear prediction coefficient
interpolation/extrapolation unit 2p, based on the selection result
transmitted from the time slot selecting unit 3a (process at Step Sjl).
The linear prediction filter unit 2k2 performs linear prediction synthesis
filtering in the frequency direction on q.q(n, r1) output from the high
10 frequency adjusting unit 2j for the selected time slot r1 by using ag (n,
rl) being interpolated or extrapolated and obtained from the linear
prediction coefficient interpolation/extrapolation unit 2pl, as the linear
prediction filter unit 2k1 (process at Step Sj2), based on the selection
result transmifted from the time slot selecting unit 3a. The changes
15 made to the linear prediction filter unit 2k described in the modification
3 of the first embodiment may also be made to the linear prediction
filter unit 2k2.
[0159] (Modification 2 of Second Embodiment)
A speech encoding device 12b (FIG. 47) of a modification 2 of
20 the second embodiment physically includes a CPU, a ROM, a RAM, a
communication device, and the like, which are not illustrated, and the
CPU integrally controls the speech encoding device 11b by loading and
executing a predetermined computer program stored in a built-in
memory of the speech encoding device 12b such as the ROM into the
25 RAM. The communication device of the speech encoding device 12b

receives a speech signal to be encoded from outside the speech
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The time slot selection information may al so be a sigpal power Penvadi(r) 5
of the tinme slot r of the QW donmain signal corresponding to the high
frequency conponents in which the tenporal envel ope is shaped or a signal
anplitude val ue thereof to which the square root operation is applied

Penvad; ---(64) 10ln a plurality of tinme slot segnents (such as SBR
envel opes) b< b i+1 --(65) and the average val ue thereof Penvad], Penvadj
(i1)---(66) may al so be used as the tine slot selection informtion.

It is noted 1@&&%ﬁg devitd4 2b, and outputs an encoded multiplexed bit stream to
the outside of the speech encoding device 12b. The speech encoding
device 12b includes the time slot selecting unit 1pl and a bit stream
multiplexing unit 1g5 instead of the time slot selecting unit 1p and the

5 bit stream multiplexing unit 1g2 of the speech encoding device 12a of
the modification 1. The bit stream multiplexing unit 1g5 multiplexes
the encoded bit stream calculated by the core codec encoding unit 1c,
the SBR supplementary information calculated by the SBR. encoding
unit 1d, and indices of the time slots cormresponding to the quantized

10 linear prediction coefficients received from the linear prediction
coefficient quantizing unit 1k as the bit stream multiplexing unit 1g2,
further multiplexes the time slot selection information received from the
time slot selecting unit 1pl, and outputs the multiplexed bit stream
through the communication device of the speech encoding device 12b.
15 [0160] A speech decoding device 22b (see FIG. 24) of the modification
2 of the second embodiment physically includes a CPU, a ROM, a
RAM, a communication device, and the like, which are not illustrated,
and the CPU integrally controls the speech decoding device 22b by
loading and executing a predetermined computer program (such as a
20 computer program for performing processes illustrated in the flowchart
of FIG. 25) stored in a built-in memory of the speech decoding device
22b such as the ROM into the RAM. The communication device of
the speech decoding device 22b receives the encoded multiplexed bit
stream, and outputs a decoded speech signal to the outside of the speech
25 decoding device 22b. The speech decoding device 22b, as illustrated

in FIG 24, includes a bit stream separating unit 2a6 and the time slot

96



Mis a value representlng a frequency range hi gher than that of the | ower
limt frequency kx of the high frequency conponents generated by the hlgh
frequency generating unit 2g, and the frequency range of the 5high
frequency conponents generated by the high frequency generating unit 2g nmay
al so be represented as k"lc<k,c+M [0170] The tinme slot selecting unit 3a2
selects tinme slots at which the linear prediction synthesis filtering by
the linear prediction filter unit 2k is perfornmed, by determ ning whet her

(or) Pt netlrBiibaRl e .%??ﬁtr”%aeu%%@%%l%gqgﬁf?ﬁ@ﬂ? i e st ot
0 vhi ch ¢ el SIRQRlcySRUGPBE dring 3RS Bk ddi ETRRIR, GR(RhARE Shapi ng

unit 2vl1l, ba I on |n tlon transm fromthe

tenpor al envt%aﬁ rﬁ&ﬁﬁ'c&ﬁoﬂrl' tané‘tﬁn&@fdics%ﬁe%tl%h ﬁf@rﬂléﬁiﬂm shﬁgiizaltoTo sel ect

time slots a the linear prediction synthesis filter is performed
by the time shett:aelaet sélgctint und@8aln The it eseam RBErktisatimiN 228t | east

one time slot r in which a parameter u(r) included in the tine slot

sel ectbon i nfsepamtésothet maithpiekéd ditf stosant et sp@Y gl being ejuaptzedjaheng uni t

2vl is larger than a predeternm ned value um may 20be sel ected, or at |east
one tine sl otindex nrywbf ctheu cojresporeogl titme Cﬂloﬂ, aﬁ@erSBRaﬁulqalpmnmrgr m ned

val ue um may be sel ected. u(r) may include a
information, and the encoded bit stream as the bit stream separating unit

2al, and further separates the time slot selection information.
[0161] (Modification 4 of Third Embodiment)
10 : % —(47)
described in the modification 1 of the third embodiment may be an
average value of e (r) in the SBR envelope, or may be a value defined in
some other manner. |
[0162] (Modification 5 of Third Embodiment)
15 As described in the modification 3 of the third embodiment, it is
preferable that the envelope shape adjusting unit 2s control e,(r) by

using a predetermined value ey m(r), considering that the adjusted

ternporal envelope e,(r) is a gain coefficient multiplied by the QMF
subband sample, for example, as the expression (28) and the expressions

20 (37) and (38).

eaay' (7" ) 2 ea@' Th ---(48)

[0163] (Fourth Embodiment)
A speech encoding device 14 (FIG 48) of the fourth
embodiment physically includes a CPU, a ROM, a RAM, a

el ot s

25 communication device, and the like, which are not illustrated, and the
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, least one of e(r), le(r)12, eexp(r), lecx-p(r)12, eadi(r), Jea4d(r)12,
eadi scal ean, | eadj,scaled(r) 2, and Penvadj(r), described above, and;
Per"njftclj] ---(69) ‘

CPU integrally controls the speech encoding device 14 by loading and
executing a predetermined computer program stored in a built-in
memory of the speech encoding device 14 such as the ROM into the
RAM. The communication device of the speech encoding device 14
5 receives a speech signal to be encoded from outside the speech
encoding device 14, and outputs an encoded multiplexed bit stream to
the outside of the speech encoding device 14. The speech encoding
device 14 includes a bit stream multiplexing unit 1g7 instead of the bit
stream multiplexing unit 1g of the speech encoding device 11b of the
10 modification 4 of the first embodiment, and further includes the
temporal envelope calculating unit 1lm and the envelope parameter
calculating unit 1n of the speech encoding device 13.
[0164] The bit stream multiplexing unit 1g7 multiplexes the encoded bit
stream calculated by the core codec encoding unit lc and the SBR
15 supplementary information calculated by the SBR encoding unit 1d as
the bit stream multiplexing unit lg, converts the filter strength
parameter calculated by the filter strength parameter calculating unit and
the envelope shape parameter calculated by the envelope shape
parameter calculating unit In into the temporal envelope supplementary
20 information, multiplexes them, and outputs the multiplexed bit stream
(encoded multiplexed bit. stream} through the communication device of
the speech encoding device 14.
[0165] (Modification 4 of Fourth Embodiment)
A speech encoding device 14a (FIG. 49) of a modification 4 of
25 the fourth embodiment physically includes a CPU, a ROM, a RAM, a

communication device, and the like, which are not illustrated, and the
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and uni

10

15

20

25

may i nclude at | east one of; 12 enmp(1), "

CPU integrally controls the speech encoding device 14a by loading and
executing a predetermined computer program stored in a built-in

memory of the speech encoding device 14a such as the ROM into the

RAM. The communication device of the speech encoding device 14a

receives a speech signal to be encoded from outside the speech
encoding device 14a, and outputs an encoded multiplexed bit stream to
the outside of the speech encoding device 14a. The speech encoding
device 14a includes the linear prediction analysis unit lel instead of the
linear prediction analysis unit le of the speech encoding device 14 of
the fourth embodiment, and further includes the time slot selecting unit
1p.

[0166] A speech decoding device 24d (see FIG. 26) of the modification
4 of the fourth embodiment physically includes a CPU, a ROM, a RAM,
a communication device, and the like, which are not illustrated, and the
CPU integrally controls the speech decoding device 24d by loading and
executing a predetermined computer program (such as a computer
program for performing processes illustrated in the flowchart of FIG.
27) stored in a built-in memory of the speech decoding device 24d such
as the ROM into the RAM. The communication device of the speech
decoding device 24d receives the encoded multiplexed bit stream, and
outputs a decoded speech signal to the outside of the speech decoding
device 24d. The speech decoding device 24d, as illustrated in FIG. 26,
includes the low frequency linear prediction analysis unit 2d1, the signal
change detecting unit 2el, the high frequency linear prediction analysis
unit 2hl, the linear prediction inverse filter unit 2il, and the linear

prediction filter unit 2k3 instead of the low frequency linear prediction
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analysis unit 2d, the signal change detecting unit 2e, the high frequency
linear prediction analysis unit 2h, the linear prediction inverse filter unit
2i, and the linear prediction filter unit 2k of the speech decoding device
24, and further includes the time slot selecting unit 3a. The temporal
envelope shaping unit 2v shapes the signal in the QMF domain obtained
from the linear prediction filter unit 2k3 by using the témporal envelope
information obtained from the envelope shape adjusting unit 2s, as the
temporal envelope shaping unit 2v of the third embodiment, the fourth
embodiment, and the modifications thereof (process at Step Sk1).
[0167] (Modification 5 of Fourth Embodiment)

A speech decoding device 24e (see FIG. 28) of a modification 5
of the fourth embodiment physically includes a CPU, a ROM, aRAM, a
communication device, and the like, which are not illustrated, and the
CPU integrally controls the speech decoding device 24e by loading and
executing a predetermined computer program (such as a computer
program for performing processes illustrated in the flowchart of FIG.
29) stored in a built-in memory of the speech decoding device 24e such
as the ROM into the RAM. The communication device of the speech
decoding device 24e receives the encoded multiplexed bit stream, and
outputs a decoded speech signal to the outside of the speech decoding
device 24e. In the modification 5, as illustrated in FIG 28, the speech
decoding device 24e omits the high frequency linear prediction analysis
unit 2hl and the linear prediction inverse filter unit 2i1 of the speech
decoding device 24d described in the modification 4 that can be omitted
throughout the fourth embodiment as the first embodiment, and includes

a time slot selecting unit 3a2 and a temporal envelope shaping unit 2v1
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---(70) 2 eadj,scaled(O, leadj,scaled (01 P Fen d, , 11PnDd, , un, may al so
be an average value of u(r) of a predetermned tine wwdth 5 (such as SBR
envel ope) including the tinme slot r. The selection nmay al so be made so that
time slots at which u(r) reaches its peaks are included. The peaks of u(r)
may be cal cul ated as cal cul ating the peaks of the signal power in the QW
domai n signal of the high frequency conponents in the nodification 4 of the
first enbodi nent. The st eady

instead of the time slot selecting unit 3a and the temporal envelope

shaping unit 2v of the speech decoding device 24d. The speech

decoding device 24e also changes the order of the linear prediction

synthesis filtering performed by the linear prediction filter unit 2k3 and’

5 the temporal envelope shaping process performed by the temporal

envelope shaping unit 2vl whose processing order is interchangeable
throughout the fourth embodiment.

[0168] The temporal envelope shaping unit 2v1 shapes quq; (k, 1)

obtained from the high frequency adjusting unit 2j by using e.y(r)

10 obtained from the envelope shape adjusting unit 2s, as the temporal

envelope shaping unit 2v, and obtains a signal geqvag; (k, 1) in the QMEF

domain in which the temporal envelope is shaped. The temporal

envelope shaping unit 2v1 also notifies the time slot selecting unit 3a2

of parameters obtained when the temporal envelope is being shaped, or

15 parameters calculated by at least using the parameters obtained when

the temporal envelope is being shaped as time slot selection information.

The time slot selection information may be e(r) of the expression (22) or

the expression (40), or |e(r)* to which the square root operation is not

applied during the calculation process. A plurality of time slot sections

20 (such as SBR envelopes)
b, <r<b, 9

may also be used, and the expression (24) that is the average value

thereof

e fe®  —0)
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10 state and the transient state in the nodification 4 of the first s
enbodi nent nmay be determned simlar to those of the nodification 4 of the
first enmbodi nent by using u(r), and time slots nay be sel ected based on
this. The time slot selecting nethod may be at | east one of the nethods
descri bed above, may include at |east one nmethod different fromthose
15descri bed above, or nmay be the conbination thereof. [0172] (Modification
6 of Fourth Enbodi nent) A speech decodi ng device 24f (see FIG 30) of
a nodi ficati ahap abfo bbBeudedusd theetibad sl nelqutiosi tdbinaticic| ubeis wote®U, a ROM
a RAM a conmuni cation device, and the |ike, which are not illustrated, and
the 106 CPUthattegrally controls the speech decoding device 24f by Ioadlng
and executing a predeterm ned conputer program (such as a conputer program
for perform ng processes |IIustraged4|n the flowhart of FIG 29) stored in
a built-in menmory of the speech de evi ce 24e such 5 as the ROMinto
the RAM The communi cation deV|ce kﬂ%)gpeech daéﬁglng devi ce 24f

recei ves the encoded nulti ®d bib, stream and U ts a decoded speech
signal to outside the speefh!Yecoding device 24f. In the nodification 6, as

illustrated in FIG 30, the speech‘tecodiing devi ce 24f onits the signal
change detecting unit 2el, the high 10 frequency linear prediction

anal ysi s un|t %Lv Cgtl%%dsl { ggﬁ%&é &H]%n e,rgfé fﬁé teg(régrgryft gll of the

speech decodl escri ¥ 830 n at can be

|Onmclt ngst mg% @P@%C@eﬁégﬁgﬁsﬁggﬁ;%@ﬁ Il)ﬂ%‘@ggﬁ env@% opgnghapl ng

unit 2vl i nstigadopératio ik neBasdlRid &Lelu@g:thdtgﬂcdlﬁuaﬂp&o@e@s anﬁﬁrlhealit?nporal

envel ope shaping unit 2v of the speech decodi ng device 24d he speech
decodi ng devigfiRdisidlsegirehan@ash th8BR drvelopes)he |inear prediction
synthesis filtering perforned by the Iinear prediction filter unit 2k3 and
t he tenporal envel ope shapi ng pr ess rforned %g t he tenporal envel ope
shaping unit 2vl whose 20 pr ? i s—()er changeabl e t hr oughout
the fourth enbodi nent. [0173] The tlne slot selecting unit 3a2 deternmn nes
whet her I|ne%m¥§&5dlctlon ynt.hes filtering is perfornmed by the |inear
prediction fi CHYETage @uG th7 signal Ci aenvadj (k, r) in the QW
domai n of the high _frequency conponents of the tine slots r in
whi chiphe tenporal 25envel gpe iy yhaped ete al envel ope shapi ng
unit 2vl, based on & L (xpTy)T ~%)

may also be used as the time slot selection information. It is noted

that:
‘bi+1_1
eexp (r)
—— (,) _ r:b‘. "‘“(54)
e exp lj= b —bh
i+l i
bi+1 —1 2
€0y ()
_ (.)‘2 = —(55)
>
i+1 i
15 The time slot selection information may also be e,4(r) of the expression

102




the tine slot selection information transmtted fromthe tenporal envel opg
shaping unit 2vl, selects tine slots at which the |inear prediction
synthesis filtering is performed, and notifies, of the selected tinme slots,
the I ow frequency linear prediction analysis unit 2dl1 and the |inear
prediction filter unit 2k3. 5[0174] (Modification 7 of Fourth Enbodi nment)

A speech encodi ng device 14b (FIG 50) of a nodification 7 of the fourth
enbodi ment physically includes a CPU, a ROM a RAM a conmuni cati on devi ce,

and the |iKke, i i I, . t CPU) j rial l-yi2control s

t he speech en@%@iﬁ%ﬂ§%§F§§5&435E3&F@%ggﬁaggﬂﬁlQ§9é§%g%€§§%!gﬂﬁb déet er mi ned
conputer pro | J i ; i4pg devi ce
14b such as ?ﬁ@ﬂ%E§§%§ gh?ﬁgogxk*h¥(glgﬁﬁ%ﬁﬁ??&?égﬁngggﬁggcggﬁgﬂgﬂgpeech
encodi ng devi g@cédd rRphratiSy 8f SARAIbE Sdoanets (uchersesSBRERFefdper) out si de the
speech encodi ng devi ce” 14b, a%d gut puts an encoded mnul tiplexéd bit stream
to 15 the outside of the spee p:ﬁmt ng devi ce(38p. The speech encoding
device 14b includes a bit streammultiplexing unit 1g6 and the tine sl ot

sel ect Bng uni ¢nd file dvesageadaloé théreobit stream nul tiplexing unit 1g7 and the
time slot selecting unit Ip of the speech encoding device 14a of the

nodi fication 4. 20[0175] Thg—bi st rgam ﬂiplexiggaunit 1g6 mul ti pl exes
the encoded bit stream cal ctigt byj?b@qgﬂre codet’ encoding unit Ic, the
SBR suppl enmentary i nformation cal cul ated by the SBR encoding unit id, and

t he tenporal envel,0 su e tary information.in which the.fil

strength par alr?é”@’e?lsgj?ecﬂg‘%i @%9%{%8 104 §eggct§cgq éwglrﬂ"aﬁgpangfé?r neﬁﬁm ating
25unit and th@h?nvelope shape paraneter cal cul ated by the envel ope shape
par anet er cal a1‘ating unit In are converted, also multiplexes the tine

sl ot selection information recei ved®firbm the time slot selecting unit Ipl,
and outputs the nultiplexed bit stre nw& q@Qﬂed mul tiplexed bit strean)

t hrough the communi cation device ofI 'e "Speech encpg@ g device 14b. [0176]
A speech decodi ng device 24§1&(§p:F the nodification 5 7 of the
fourth enmbodi ment physical | y* ncludeg a CHJ, a ROM a RAM a communi cation
device, and the like, which are not ilflustrated, and the CPU integrally
control s the speech decodi ng devi cebzdd by Ioaging and executing a

pr edet er mi ned conputer progran1(suc22ff C %yuter program for perform ng
procesges illustrated in the flowch ad,

--=(59)

— a2 =b,
eaajf(l)‘ — -

b, —b,

The time slot selection information may also be ey ueq(t) of the

expression (37), or may be |euq «caled@f to which the square root
operation is not applied during the calculation process. In a plurality

of time slot segments (such as SBR envelopes)
15 b, <r<b,,, -0

and the average value thereof

. _ |2
eaaﬁ',scaled (Z)’ eaaj’,scaled (l)i --~(61)

may also be used as the time slot selection information. It is noted
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10 32) stored in a built-in nmenory of the speech decodi ng device 24g such
as the ROMinto the RAM The communi cati on devi ce of the speech decoding
devi ce 24g receives the encoded nultiplexed bit stream and outputs a
decoded speech signal to outside the speech decodi ng device 24g. The speech
decodi ng device 24g includes a bit streamseparating 15 unit 2a7 and the
time slot selecting unit 3al instead of the bit stream separating unit 2a3
and the tine slot selecting unit 3a of the speech decodi ng device 2d
described in tHag nodification 4. [0177] The bit stream separating unit 2a7
separates the nultiplexed bit stream supplied through the conmuni cation
device of the speech 20 decodingpdevice 24g into the tenporal envel ope
suppl ementary i nformation, the SBR&S plenent?ay i nformation, and the
encoded bit stream as the bit str sppakdt Ag unit 2a3, and further
separates the tinme slaot seleﬁf'gp #=f ormation. [0178] fMﬁ&Dfication 8 of
Fourt h Enbodi nment) 25@m§paﬂﬂ IEGCOGI device Z4h (see FIG 33) of a

nodi fication 8 of the fourth enbodi t physically includes a CPU, a ROM a
RAM a conmmunication device, and the like, which are not illustrated, and
the CPU integrally controls the speech decodi ng device 24h by | oadi ng and
executing a predeterm ned conputerb

T ogram (such as a conputer prograni for
perform ng processes illustrated ijii 4H

| owchgr}| of FIG 5 34) stored in a
built-in nenory of the speech geco ﬂ%ﬁ?é%n;

such asmqgg)FKmﬂinto t he
RAM The comuni cat|pon devi bﬂ:tﬁ@hs eech _decodi ng device 24h receives
t he encoded mul ti pl

Exégrcded ream and gout pugps a decoded speech signal to
out si de the speech decodi ng devi ce 24hXiflhe speech decodi ng devi ce 24h, as
illustrated in FIG 33, 10 includes the |low frequency |inear prediction
anal ysi s uni t TRdtim¢ blet selgodon ¢hivrgetidatrasy ko bea sigzal potke Fj,gi(rf r equency
i near prediction analysis unit 2hl, the linear prediction inverse filter
unit 2i51, andof tee timeeslot proddhe QN dodnpnr signal coiraspomtimgdo die high | ow
frequency linear prediction analysis unit 2d, the signal change detecting
unit 2e, the HegRengege@pepentssinl whdy ther eaparbenyelapg 5 shaped o2rg t he

| i near prediction inverse filter unif 2i, and the linear prediction filter
uni t 2K of 1 heeapk eI %a*ahge dhsrek t2.A80IGH hReSAHAP HOERAPSFALON ind
further includeggt e tine slot selecting unit 3a. The primary high
frequency adjﬁgﬁ' unit 2j1 perforns at |east one of the processes in the

"BF Adjustnent” step in SBR in - AAC', as the primary high
frequency adjusting unit 2j1 onghe no ?chatng6;)of the fourth enbodi nent
(process at Step Sml ). The s ety frequency adjusting unit 2j2

perforns at | east one of the processes in the "BF Adjustnment"” step in SBR

n " NAEG 4 AAG o pAsralifPos aaendar seghias (s eaUeTEBR iviRigesy Uni t 212 of the

nmodi fication 2 o

b, <r<b., -5

and the average value thereof

‘PE.’PW(IQ.’]' (i)ﬂ ‘Fem)adj (i) “-(66)

may also be used as the time slot selection information. It is noted

15 that:
k +M-1

‘gnvadj (F) = z

k=i,

2
—-(67)

waacﬁ (k', r)
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25t he fourth enbodi ment (process at Step Sn2). It is preferable that the
process perfornmed by the secondary high frequency adjusting unit 2j2 be a
process not perforned by the primary high frequency adjusting unit 2j1
anong the processes in the "lI-IF Adjustnment” step in SBRin "MPEG 4 AAC'.
[0179] (Modification 9 of Fourth Enbodi ment) 5A speech decodi ng device 24i
(see FIG 35) of the nodification 9 of the fourth enbodi ment physically
includes a CPU, a ROM a RAM a comuni cation device, and the |ike, which
are not illustrated, and the CPU,integrally controls the speech decodi ng
devi ce 24i by | oading and execut i predeterm ned conputer program (such
as a conputer 10 program for per OLEiﬂgddﬁ% esses illustrated in the
flowchart of FIG 36) stored in a By R menory of the(é6®pech decodi ng
devi ce 24i such as th@ ROfquz'Qt:e: ; comuni cation device of the
speech decodi ng devi ce“24fY ceivejb;he_gﬂcoded mul tipl exed bit stream and
out puts a decoded speech signal to odlsidé the speech decodi ng device 15
24i . The speech, decoding device 24i, as illustrated in FIG 35, onts the
hi gh frequendyl is AeEluprepesenisie &n Aleauerey frnee Meha dhenethat wéathe

diction i £ Lt it 21 qf h decoding device 24h of th
odi 1§ cat | on IVERBEE S8HENGHK: € EeTHEAGHOBECY RRTROFIR BSRBIFRENT a5 tho
first enbodiment,., i ncludes the t |2 | hapi it 2vi
and-the 1 mo BFGieR ARy Shetetie SR andoel REd SRS PEC v iope

nd ! i . | nst r crope
devi cov2an oftENGRRETY EabsheR’s SPRLTS, MR it dlughCF 3RGRfg CC° O

h th | i chd hesis filteri formed b
Che Pinear prafl ZErey TP PSr o P ol 4 Ana SetRe" ompor al _envel ope Shaping
process perf quIgd] Dhet thdet SoPG18ELIN VIBIORE SEl8BISEME N bts 2t lwhiBSthe

processi ng order 1s interchangeable throughout the fourth enbodi nent.
linear prediction synthesis filtering by the linear prediction filter unit 2k

is performed, by determining whether linear prediction synthesis

10 filtering is performed on the signal qenvag (K, 1) in the QMF domain of
the high frequency components of the time slot r in which the temporal
envelope is shaped by the temporal envelope shaping unit 2v1, based on
the time slot selection information transmitted from the temporal
envelope shaping unit 2v1 (process at Step Sp1).

15 [0171] To select time slots at which the linear prediction synthesis
filtering is performed by the time slot selecting unit 3a2 in the present
modification, at least one time slot r in which a parameter u(r) included
in the time slot selection information transmitted from the temporal
envelope shaping unit 2v1 is larger than a predetermined value up, may

20 be selected, or at least one time slot r in which u(r) is equal to or larger
than a predetermined value uq, may be selected. u(r) may include at
least one of e(®), ) Cop®: leag@P e, Rag®P, Cusotea),

|Cadscatea(T)> and Peyagi(r), described above, and;
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[0180] (Modification 10 of Fourth Enbodi ment) A speech decodi ng
device 24 (see FIG 37) of a nodification 10 of the fourth enbodi nent
physically includes a CPU, a ROM a RAM a 5 communi cation device, and the

| i ke, which are not illustrated, and the CPU integrally controls the speech
decodi ng device 24) by |oading and executing a predeterm ned conputer
program (such as a conputer programfor perform ng processes illustrated in

the flowmhart of FIG 36) stored in a built-in menory of the speech decodi ng
device 24) such 10 as the i RAM The communi cation devi ce of

t he speech decodi ng device 24“}Pec K??s t he eDQQQQd mul tiplexed bit stream
and out puts a decoded speech ¥i g4t out si de the speech decodi ng device
24j . The speech decoding device 24j, as illustrated in FIG 37, onmts the

si gnal changeﬁﬁp@ﬁqhgpguﬂﬂddaﬂ@égnﬁﬁmumigh frequency linear 15 prediction
anal ysis unit 2hl1l, and the linear prediction inverse filter unit 2i1l of the
speech decodi ng device ﬁ%@’%ﬁq;?e n? jfication 8 that can be onmtted

t hroughout the fourth e &Pﬁgg ‘e lthe first enbodi ment, and includes the
tenporal envel ope shaping unit 2vl and the tinme slot selecting unit 3 a2

i nstead of the tenporal envelope shapin nit 2v and 20 the tine slot

sel ecting unit 3a of th faﬁﬁéghhgéﬁpEL@gﬂEevice 24h of the nodification 8.
The order of the linear prediction synthesis filteriﬂg Eerforned by the

| i near prediction filter unit 2k3 and the tenporal €n 9 ope shapi ng process

perforned by the tenporgl envs@glged sha[( g unit 2vl is changed, whose
f

processi ng order is intefelE &*9%81°Hr dughout the fourth embodi ment
[0181] (Modification 11 of Fourth Enbodi nent) A speech decodi ng
devi ce 24k (see FIG 38) -of a nodefi ion 11 of the fourth enbodi nent
physical ly includes a C@waﬁlhm a comuni cation device, and the

i ke, which are not illustrated, and the CPU integrally controls the speech
decodi ng devi g B4K aby boadiaverapedzalie eXect)dfgprdetatahed Binedidnmput er
program (such as a conputer programfor performng processes illustrated in

t he fl éwchar t(soth RsGBR) ersteboe) inoluaitgithe tinme skrior y Tofe sdiectipencdy decodi ng
devi ce 24k such as the ROMinto the RAM The communi cation device of the
speech decodi #lgo desvineaslep at thet simve slath eatewbidte al(uiaachee tiedperiks ater eam and
10 outputs a decoded speech_signal to qutside the speech _decodi ng device
24k. The spee@ﬁhw@éiodiﬁyﬂ%ahs ytnkmay e ¢alealaiesk asacalanlpting dee PPRle udes ¢ he

of the bit StOGH SEBAF RS 0rikE QA" ARG R Tt el BERRRSIuni ¢ s
of Lhe speech. decadling 9B GRRAN oL LS HPHY GRhbAES- 2ok
10 state and the transient state in the modification 4 of the first embodiment
may be determined similar to those of the modification 4 of the first
embodiment by using u(r), and time slots may be selected based on this.
The time slot selecting method may be at least one of the methods
described above, may include at least one method different from those
15 described above, or may be the combination thereof.
[0172] (Modification 6 of Fourth Embodiment)
A speech decoding device 24f (see FIG. 30) of a modification 6
of the fourth embodiment physically mcludes a CPU, a ROM, a RAM, a

cominunication device, and the like, which are not illustrated, and the
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A speech decodi ng device 24q (see FIG 40) of a nodification 12 of the
fourth enbodi nent physically includes a CPU, a ROM a RAM a comruni cati on
device, and the like, which are not illustrated, and the 20 CPU integrally
controls the speech decodi ng device 24q by | oadi ng and executing a
predet erm ned conputer program (such as a conputer program for performng
processes illustrated in the flowhart of FIG 41) stored in a built-in
menory of the speech decodi ng device 24q such as the ROMinto the RAM The

comuni cat i onCgey iﬁ@%@ﬂlytdtﬁimﬁ@sﬁ&dﬁ@dbdﬁl ie€ 22f byreadingemd he
encoded nul tiplexed bit stream and outputs a decoded speech signal to
outside the spestiingeaogicgtetenned codputer heogrmeclrudbcadiangodepitee 249, as
illustrated in FIG 40, includes the | ow frequency |inear prediction

anal ysi s uni t pRgtamt for pérforminghpngesspetidlosiratpduim thep8owchag of FRGF r equency
| i near prediction analysis unit 2hl, the linear prediction inverse filter

nit 211, andPhiowdiis St grmononbbrapcccisseding deviae dmclezs, and
ervel ope shapin bl iadicBd N il volmiuetint gevichslion pord on
| i negr or edi cfFsiing eyl E%f'?c% S eelﬁorﬁ@grmﬂfh%%iﬁé‘?@ gﬂt F%?/%Psaél ?I tery
uni 24 and W39 doadid duale,sgnal uoauRencpl GLUSLERGaD dRid L 222
further i ncl udes 19 b thlarRel o6 hdHked (92830, And sptapne of

processi ng onge&i edmﬂoim%ﬁieﬁglléman%éd%aéc%?aﬂuﬁmtﬁém for the
si gnal component 1 nc¢luded in the outptt of the primry highfrequéency

adj ustling neafgquascy Haeimgiedicliod asdlgsialurtothonend tieedlinsid padictids 221,
2z2, and 2z3, based on the selection result transmtted fromthe tine slot
sel ecting uni invgasd iltecesis 28t oBttempBath detading devefectabdescribad in tlee pr ocess
using the tine slot selection 20 information include at | east one process
i ncl udi ng t hemadifiaatign 4 dhattdaorbesymitiedihsonghew tha dowth embodimgutasy

direction, anong_the prog,esses of .the individual signal conponent adjusting

units 2z1, 2z%he Hag opbo i Bt includesethedame; dek sPRCENSENERAZ 8 t h
SCICUPMSLE IR I SR TR
ProCesses unit 3a and the temporal envelope shaping unit 2v of the speech
decoding device 24d. The speech decoding device 24f also changes
the order of the linear prediction synthesis filtering performed by the
linear prediction filter unit 2k3 and the temporal envelope shaping
process performed by the temporal envelope shaping unit 2vl whose
20 processing order is interchangeable throughout the fourth embodiment.
[0173] The time slot selecting unit 3a2 determines whether linear
prediction synthesis filtering is performed by the linear prediction filter
unit 2k3, on the signal Qegyag (k, 1) in the QMF domain of the high
frequency components of the time slots r in which the temporal
25 envelope is shaped by the temporal envelope shaping wnit 2v1, based on

the time slot selection information transmitted from the temporal
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performed by the individual signal conponent adjusting units 2z1, 2z2, and
2z3 descrthed in the nodification 3 of the fourth enbodi nent, but the

i ndi vi dual signal conponent adjusting units 2z4, 2z5, and 2z6 nay shape the
tenporal envel ope of each of the plurality of signal conponents included in
the output of the primary high frequency 5 adjusting neans by different

nmet hods (if all the individual signal conponent adjusting units 2z4, 2z5,
and 2z6 do not perform processing based on the selection result transmtted

fromthe ti NGtk 1 38l dci | Bl - ification 3 |
of the four ﬁ@%ﬁ?ﬂ?%ﬁ?mﬁf%%}égﬁ%&? nt\i}lgtr?t iglc()%@.%lo Oétggt])goﬁéﬁe |

sel ection resyledfctRin §iEhddiilekpk M RRfdRide dndndties beitG duekted gnal
conponent adjusting units 2z4, 2z5, and 2z6 fromthe time slot selecti ng

uni t 3a need ftigle dd6tst the Ioanteqaattyalihearpredingion dduystotinited 1hendlitfef erent .
[0186] In FIG 40, the result of the tine slot selectionis transmtted to
15 the i ndi vildnedr edicabn ddtepemérizk3adj usting units 2z4, 2z5, and 2z6 from
one tinme slot selecti nd% unit 3a. However, it is possible to include a
plural bty of tilvé]{Madifettéen 7 ed RovirthsEmbodiment)yi ng, of the different
results of the tine slot selection, each or part of the individual signal
conponent adj usti nga*lﬁﬁﬂftcél encpding devighdl 4 FIGa> Wipfsa m%ﬁﬁcatmp ] 20

oot %ﬁtﬁ;tig o R & %hﬁﬁaﬁgwﬁ%i#&f&ﬁéﬁg%%}?ﬁﬁ@ﬁf?@‘)@”%ﬁd 4
27 i i

subband. sampl Smy e fEBe pid M, MRS SRR arddat SRS AR O gt by
using the tenapgy ﬁ{teglgp@c%ﬁo%)ﬂ?e ﬂﬁ@cﬁ %ﬂ%&@%ﬁ\f@éﬂ@@ﬁ;ﬁ@@ﬁgﬁ%ﬁ usting

unit 2s as thé tenpo envel ope sHhapi ng uni I T near

predi qiji on sygthesing bl bi&ddidigingdt B_@mghﬁequwgfaﬁi r86tedofn i § BhidRin

performed on the output "signal by using the'linhear prediction coefficients

recei ved fromdeheordy bft Bl Giceeh @hboditiglddidg 14bi duchf assthet ROMIiifRAthe
prediction filter unit 2k) described in the nodification 3 of the fourth

enb6di ment maRASdl. ecfhe bemtrimecationt déyice sifthe sheedh emcosling dssiekelotli on
O vee. a spocch signal 1o be ‘encoded. from outsde the speech
encoding device 14b, and outputs an encoded multiplexed bit stream to

15 the outside of the speech encoding device 14b. The speech encoding
device 14b includes a bit stream multiplexing unit 1g6 and the time slot
selecting unit 1p1 instead of the bit stream multiplexing unit 1g7 and the
time slot selecting unit 1p of the speech encoding device 14a of the
modification 4.

20 [0175] The bit stream multiplexing unit 1g6 multiplexes the encoded bit
stream calculated by the core codec encoding unit lc¢, the SBR
supplementary information calculated by the SBR encoding unit 1d, and
the temporal envelope supplementary information in which the filter
strength parameter calculated by the filter strength parameter calculating

25 unit and the envelope shape parameter calculated by the envelope shape

parameter calculating unit In are converted, also multiplexes the time
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[0187] (Modification 13 of Fourth Enbodi nent) A speech decodi ng device 24m
(see FIG 42) of a nodification 13 of the fourth enbodi nent physically
includes a CPU, a ROM a RAM a communi cation device, and the like, which
are not illustrated, 10 and the CPU integrally controls the speech

decodi ng device 24m by | oadi ng and executing a predeterm ned conputer
program (such as a conputer programfor perform ng processes illustrated in
the flowmhart of FIG 43) stored in a built-in menory of the speech decodi ng

devi ce 24m sughr @fedtdR iREnhaich i&@iv@ﬁ%oﬁhﬂe@ﬁﬁ@@fﬂt%@%ﬁﬂg%ﬁ Bel,0f 15

t he speech decodi ng device 24mreceives the encoded nultiplexed bit stream
and out puts andeeagets thpeecliipih:@dait stveatt(ehcrlddnaubiisiecsd Bacadang device
24m The speech decoding device 24m as illustrated in FIG 42, includes the
bit stream seheonagh thg commuaratiandevive dfithe spéexth smlodmg devioaildb3al i nst ead
of the bit stream separating unit_ 2a3 and the_20tinme slot selecting unit 3a
of the speecHOdéebdi sreeegb\decedidgdwmtice Rg kpeti FlG@al 1)ovl the mpdifgation

(Modi fication 14 of Fourth Enbodi nment) speech decodin evi ce 24n (not

i |1 ust Pat ed) off thentourth abe@iment phyaica 1Yﬂ%§u3%%@ﬂ?fér%§@ ARDNysi cal |y

0S5 P Rt A i AR M5 Sl ety 16
device 24n bny’%IGmtegrally controls the speech decoding device 24g by loading and

executing a predeterinined computer program (such as a computer
program for performing processes illustrated in the flowchart of FIG.

10 32) stored in a built-in memory of the speech decoding device 24g such
as the ROM into the RAM. The communication device of the speech
decoding device 24g receives the encoded multiplexed bit stream and
outputs a decoded speech signal to outside the speech decoding device
24g.  The speech decoding device 24g includes a bit stream separating

15 unit 2a7 and the time slot selecting unit 3al instead of the bit stream
separating unit 2a3 and the time slot selecting unit 3a of the speech
decoding device 2d described in the modification 4.
[0177] The bit stream separating unit 2a7 separates the multiplexed bit
strearn supplied through the communication device of the speech

20 decoding device 24g into the temporal envelope supplementary
information, the SBR supplementary information, and the encoded bit
stream, as the bit stream separating unit 2a3, and further separates the
time slot selection information.
[0178] (Modification & of Fourth Embodiment)

25 A speech decoding device 24h (see FIG. 33) of a modification 8
of the fourth embodiment physically includes a CPU, aROM, a RAM, a
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| oadi ng and executing a predeterm néd conputer programstored in a built-in
menory of the speech decodi ng device 24n such as the ROMinto the RAM The
comuni cati on device of the speech decodi ng device 24n receives the encoded
mul ti pl exed bit stream and outputs a 5 decoded speech signal to outside

t he speech decodi ng device 24n. The speech decodi ng device 24n finctionally
i ncludes the | ow frequency linear prediction analysis unit 2dl, the signal
change detecting unit 2el, the high frequency linear prediction analysis

unit 2hl, thedhiealcafiofMaitdmrid MRy BRe,hid atthhét Alubtratdd ahlethlel near
prediction filter unit 2k3 10 instead of the low frequency |inear

predi ction an@Pysinsegtally cadtrolshibe Spgeet detwiing ddeicrcl4inby Upadin2endt he hi gh
frequency linear prediction analysis unit 2h, the |inear prediction inverse
filter unit 2dxecatidgthepetdeteanimprdedboipuber firdgmm Wsiich 2is af commpusgreech
decodi ng device 24a of the nodification 1, and further includes the tinme

sl ot sel ecti reyogram @a.perfjrousg|prosrses ildastrand 15 tbe fowchart @fbbBiEnent )

A speech decoding device, 24p, (not illustrat ed%1 f a_nodification 15 of the
f our t h2enbodi Hortorseyig;achniliyin memagHighespee &quugg Kice 2480webini cat i on

device, and the like whj il d,. he CPU i K
cont ol s The SBECROMADE 5 HENLCe 1A Byint Ai6RHRICLA (5 tng o

det er mi ned tar . { in a puiltri f th h
fecoai ng dovi 4603H1E ORtRecRrt feet i ot leR BN ierh BRS” Govi ce
f th h dj ' regeives . daymyl & p! bi t
St roam and out pHrS 4 oaedRd fReEMARE LR LA TE RERRT IRUARERERE. Codi ng
device 24p. Tflﬂl.25%§e§ﬁbe@ﬁcﬂg%&g?§teﬁéﬁ€e 28, f hé‘%lhlgﬁﬁﬂehyiﬂ ey, the tine

slot selecting unit 3al instea e time Slot selecting unit 3a of the
speech(decodi gludis the B 4reqabné hiEinemdbllifaiontihalsis Thit 2ehearsigesiodi ng
device 24p also includes a bit stream'separating unit 2a8 (not 1l lustrated)
instead of t hehdnige detecting weipdedf ihrdnighi fre@mbficy [1DEA0 prékdietitm tnslyssam
separating unit 2a8 separates the nultiplexed bit 5 streaminto the SBR
suppl ement ar yusihfZirlyethe dimeardpredectionc onfetsiftltegt waidrdids antethsi lineanr eam
separating unit 2a4, and further into the tinme _slot selection information.

| ndustrial Appiedicgism filtgr pott kB misteagrfsthgtloph{reauensy Bnedr prsdicdionechni que

licable to t . . . : ; i
appl 1 cable Oana*iﬁsm unit 2d, the signal change detecting unit 2e, the high frequency

15 linear prediction analysis unit 2h, the linear prediction inverse filter unit
2i, and the linear prediction filter unit 2k of the speech decoding device
24b of the modification 2, and further includes the time slot selecting
unit 3a. The primary high frequency adjusting unit 2j1 performs at
least one of the processes in the "HF Adjustment" step in SBR in

.20 "MPEG-4 AAC", as the primary high frequency adjusting unit 2j1 of the
modification 2 of the fourth embodiment (process at Step Sml). The
secondary high frequency adjusting unit 2j2 performs at least one of the
processes in the "[F Adjustment” step in SBR in "MPEG-4 AAC", as
the secondary high frequency adjusting unit 2j2 of the modification 2 of

25 the fourth embodiment (process at Step Sm2). It is preferable that the
process performéd by the secondary high frequency adjusting unit 2j2
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10 bandw dth extension technique in the frequency donmain represented by
SBR, and to reduce the em nence of pre-echo and post-echo and inprove the
subj ective quality of the decoded signal w thout significantly increasing
the bit rate. Reference Signs List 15[0192] 11, 11a, 11b, 11le, 12, 12a,
12b, 13, 14, 1l4a, 1l4bspeech encodi ng device | afrequency transform unit

| bf requency inverse transformunit | ccore codee encoding unit 201 dSBR
encoding unit le, lel linear prediction analysis unit iffilter strength

pa et 1 Co stk ghéy el b rpRgL oy bk UL
frequency invensgmdnShe Prosddsts in the "HF Adjustment" step in SBR in
"MPEG-4 AAC".

[0179] (Modification 9 of Fourth Embodiment)
5 A speech decoding device 24i (see FIG. 35) of the modification
9 of the fourth embodiment physically includes a CPU, a ROM, a RAM,
a communication device, and the like, which are not illustrated, and the
CPU integrally controls the speech decoding device 24i by loading and
executing a predetermined computer program (such as a computer
10 program for performing processes illustrated in the flowchart of FIG.
36) stored in a built-in memory of the speech decoding device 24i such
as the ROM into the RAM. The communication device of the speech
decoding device 24i receives the encoded multiplexed bit stream and
outputs a decoded speech signal to outside the speech decoding device
15 24i. The speech decoding device 24i, as illustrated in FIG. 35, omits
the high frequency linear prediction analysis unit 2hl and the linear
prediction inverse filter unit 2il1 of the speech decoding device 24h of
the modification 8 that can be omitted throughout the fourth
embodiment as the first embodiment, and includes the temporal
20 envelope shaping unit 2v1 and the time slot selecting unit 3a2 instead of
the temporal envelope shaping unit 2v and the time slot selecting unit 3a
of the speech decoding device 24h of the modification 8. The speech
decoding device 24i also changes the order of the linear prediction
synthesis filtering performed by the linear prediction filter unit 2k3 and
25 the temporal envelope shaping process performed by the temporal

envelope shaping unit 2vl whose processing order is interchangeable
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iishort-term power calculating unit Ijlinear prediction coefficient
decimation unit | klinear prediction coefficient quantizing unit | ntenporal
envel ope cal cul ating unit 5i nenvel ope shape paranmeter cal culating unit Ip,
I pltinme slot selecting unit 21, 22, 23, 24, 24b, 24cspeech decodi ng device
2a, 2al, 2a2, 2a3, 2a5, 2a6, 2arhit stream separating unit 2bcore codec
decodi ng unit 102cfrequency transformunit 2d, 2dllow frequency |inear
predi ction analysis unit 2e, 2el signal change detecting unit 2ffilter

strength adj yitduihowPitle fourth embodiment.

[018071 (Modification 10 of Fourth Embodiment)
A speech decoding device 24j (see FIG. 37) of a modification 10
of the fourth embodiment physically includes a CPU, a ROM, a RAM, a
5 communication device, and the like, which are not illustrated, and the
CPU integrally controls the speech decoding device 24j by loading and
executing a predetermined computer program (such as a computer
program for performing processes illustrated in the flowchart of FIG
36) stored in a built-in memory of the speech decoding device 24j such
10 as the ROM into the RAM. The communication device of the speech
decoding device 24j receives the encoded multiplexed bit stream and
outputs a decoded speech signal to outside the speech decoding device
24j. The speech decoding device 24j, as illustrated in FIG. 37, omits
the signal change detecting unit 2el, the high frequency linear
15 prediction analysis unit 2hl, and the linear prediction inverse filter unit
2i1 of the speech decoding device 24h of the modification 8 that can be
omitted throughout the fourth embodiment as the first embodiment, and
includes the temporal envelope shaping unit 2v1l and the time slot
selecting unit 3a2 instead of the temporal envelope shaping unit 2v and
20 the time slot selecting unit 3a of the speech decoding device 24h of the
modification 8. The order of the linear prediction synthesis filtering
performed by the linear prediction filter unit 2k3 and the temporal
envelope shaping process performed by the temporal envelope shaping
unit 2v1l is changed, whose processing order is interchangeable

25 throughout the fourth embodiment.
[0181] (Modification 11 of Fourth Embodiment)
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2ghi gh frequency generating unit 152h, 2hlhigh frequency |inear prediction
analysis unit 2i, 2il linear prediction inverse filter unit 2j, 2j1, 232,
2] 3, 2j4 high frequency adjusting unit 2k, 2k1, 2k2, 2k3linear prediction
filter unit 2ntoefficient adding unit 202nfrequency inverse transformunit
2p, 2pl linear prediction coefficient interpolation/extrapolation unit
2rl ow frequency tenporal envel ope calculating unit 2senvel ope shape
.adjusting unit 252thigh frequency tenporal envel ope cal culating unit

2utenporal envel opg e MeBGdiB device 24k (see FIG. 38) of a modification 11
of the fourth embodiment physically includes a CPU, a ROM, a RAM, a
communication device, and the like, which are not illustrated, and the
CPU integrally controls the speech decoding device 24k by loading and

5 cxecuting a predetermined computer program (such as a computer
program for performing processes illustrated in the flowchart of FIG.
39) stored in a built-in memory of the speech decoding device 24k such
as the ROM into the RAM. The communication device of the speech
decoding device 24k receives the encoded multiplexed bit stream and
10 outputs a decoded speech signal to outside the speech decoding device
24k, The speech decoding device 24k, as illustrated in FIG 38,
includes the bit stream separating unit 2a7 and the time slot selecting
unit 3al instead of the bit stream separating unit 2a3 and the time slot
selecting unit 3a of the speech decoding device 24h of the modification
15 8.
[0182] (Modification 12 of Fourth Embodiment)
A speech decoding device 24q (see FIG 40) of a modification 12
of the fourth embodiment physically includes a CPU, a ROM, 2a RAM, a
communication device, and the like, which are not illustrated, and the
20 CPU integrally controls the speech decoding device 24q by loading and
executing a predetermined computer program (such as a computer
program for performing processes illustrated in the flowchart of FIG
41) stored in a built-in memory of the speeéh decoding device 24q such
as the ROM into the RAM. The communication device of the speech
25 decoding device 24q receives the encoded multiplexed bit stream and

outputs a decoded speech signal to outside the speech decoding device
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2v, 2v1 tenporal envel ope shaping unit 2wsuppl ementary infornation
conversion unit 2z1, 2z2, 2z3, 2z4, 2z5, 2z6 individual signal conponent
adjusting unit 53a, 3al, 3a2 tinme slot selecting unit CLAIMS 1. A speech
encodi ng device for encoding a speech signal, the speech encodi ng device
conpri si ng: core encodi ng neans for encoding a | ow frequency
conponent 5of the speech signal; t enporal envel ope suppl enentary

i nformati on cal cul ati ng neans for cal cul ating tenporal envel ope

suppl errentarm@gfmm@té Cflodé&)tdﬁ’lil% &RiPH ,!éaatipe%mtedamt@m?rcﬁi envel ope

of a high freguency corponent of the speech $ignal by using a tenporal

envel ope of tiReludewtHddiovwe fleghscyc AR 1R BdiclibnlanalysReesh 281 Ofhelsigrad
bit stream nul ti pl exi ng means for generating a bi't streamin which at |east

the | ow frequénayge detptingninieRebddd Hivh tirepeacye leweogisigctimansalasid t he

t enporal envel ope suppl enentary information cal cul ated by the tenporal
envel ope suppimt@htl arthe ilirfear rEedictionSiaiecad fiftengunednk, and individgdlexed. 2.
The speech encodi ng device according to Claim1, wherein the tenporal
envel ope suppigmatamponant adiastingnunidprladedes, angAzéndndividundisandlng a

sharpness of variation n the tenporal envelope of the high .
P component ad]lustmg u:rutsrzz%rrespond (6 the temporai1 envel%pe shaping

means) instead of the low frequency linear prediction analysis unit 2d,
the signal change detecting unit 2e, the high frequency linear prediction
analysis unit 2h, the linear prediction inverse filter unit 2i, and the
10 individual signal component adjusting units 2z1, 2z2, and 2z3 of the
speech decoding device 24¢ of the modification 3, and further includes
the time slot selecting unit 3a. 1
[0183] At least one of the individual signal component adjusting units
274,225, and 2z6 performs processing on the QMF domain signal of the
15 selected time slot, for the signal component included in the output of the
primary high frequency adjusting means, as the individual signal
component adjusting units 2z1, 2z2, and 273, based on the selection
result transinitted from the time slot selecting unit 3a (process at Step |
Snl). It is preferable that the process using the time slot selection
20 information include at least one process including the linear prediction ‘
synthesis filtering in the frequency direction, among the processes of the
individual signal component adjusting units 2z1, 222, and 273 described
in the modification 3 of the fourth embodiment.
[0184] The processes performed by the individual signal component
25 adjusting units 2z4, 2z5, and 2z6 may be the same as the processes

performed by the individual signal component adjusting units 2z1, 2z2,
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20f requency conponent of the speech signal in a predeterm ned anal ysis

I nterval . 3. The speech encodi ng device according to Claim2, further
conprising frequency transform nmeans for transform ng the speech 25signal
into a frequency domai n, wherein the tenporal envel ope suppl enentary

I nformation cal culating neans cal cul ates the tenporal envel ope

suppl enentary informati on based on high frequency |inear prediction
coefficients obtained by performng |inear prediction analysis in a

frequency dirggy bgﬁid%?%?@ﬁféi ﬁ{ree%to%ﬁﬁ&t 'ngﬁ‘.offrtglg‘ftﬁﬁﬁhee?n%dih{%%tsﬁﬁeCh

signal transforne equency domain e frequency transform

means. 4.The B%ﬂ%&ﬂﬁ%ﬂ%ﬁ@ﬁﬂ#&;ﬁeﬂ?gﬁﬁﬂg@uﬁ@s S81 223 a2 ity

he
t enporal envel ope suppl e nf or on —cal cul at’i ng ‘neans perforns
l'inear predicilizpe aRal wghsorhl énviel GsedtC\eadhr 8€t iteN iralitP 6Pedibhgl ents in
| ow frequenci es of the speech signal transfornmed into the frequéency donain
by the frequecsyipbnentsfochndedans the otpat nof de fpdaeendiighi freqieryedi cti on
coefficients, and cal cul ates the tenporal envel ope suppl ementary
i nf or mati on badjesting mkeand dy fdi Horemh cypethadsafifpaiddihet indivaded f sigheint s and
the high frequency linear prediction 15coefficients, S The speech encoding
devi ce accor deomypeRert asljwsting wniéy 224 44% andAzérdo nehpenfome psoggssmgent ar y

information cal cul atin ns . . . .
ased on the Seloction result transmitted from the time slot selecting unit

3a, it is the same as the modification 3 of the fourth embodiment of the
present invention}.

10 [0185] All the selection results of the time slot transmitted to the
individual signal component adjustmg units 2z4, 2z5, and 2z6 from the
time slot selecting unit 3a need not be the same, and all or a part thereof
may be different.

[0186] In FIG. 40, the result of the time slot selection is transmitted to

15 the individual signal component adjusting units 2z4, 2z5, and 2z6 from
one time slot selecting unit 3a. However, it is possible to include a
plurality of time slot selecting units for notifying, of the different results
of the time slot selection, each or a part of the individual signal
component adjusting units 2z4, 2z5, and 2z6. At this time, the time

20 slot selecting unit relative to the individual signal component adjusting
unit among the individual signal component adjusting units 2z4, 2z5,
and 2z6 that performs the process 4 (the process of multiplying each
QMF subband sample by the gain coefficient is performed on the input

25 adjusting unit 2s as the temporal envelope shaping unit 2v, and then the

linear prediction synthesis filtering in the frequency direction is also
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obtai ns prediction gains fromthe | ow frequency linear prediction 20
coefficients and the high frequency linear prediction coefficients,
respectively, and cal cul ates the tenporal envel ope suppl enentary

i nformati on based on magnitudes of the prediction gains. 6.The speech
encodi ng device according to Claim2, wherein the 25tenporal envel ope

suppl enentary information cal cul ati ng neans separates the high frequency
conponent fromthe speech signal, obtains 122 tenporal envel ope

i nformation r t im.a i jn -t heah of e onponent,
and calculaté%H? e%@eﬁ%brae en@@ﬁb%@g%ﬂpgﬁgﬁg%%grgﬂ%%ﬁ%%ﬁa?#%ﬁgﬁgged on a

magni t ude of J.eMRqEdls MAEHRAHI 8BnPkhd HRtdreiReh RNYRlPPanitPagahEon. - 5
7. The speech encodi ng device according to Caim1l, wherein the tenporal

envel ope suppirRae predivtibn fRiteraduhio Rk rddsbelbed dh fthe naodifidativnf Profeheon for

obt ai ning high frequency |inear prediction coefficients by using | ow

frequency | i fearthpembodiment nmgf télecte the tmw aloedybysihf theetifrer siotg | i near

prediction analysis in a frequency direction on the | ow frequency conponent

of t he5speechelactioalinf@matioa sppbed feore dhit tegnpleral eaveloposkidmyg uoitc ai m 7,

further conprising: 15frequenf3/ transform neans for converting the speech
Q

signal into 40Béh(Medifiepsinn 13 ohlerehEmbodiment)
A speech decoding device 24m (see FIG. 42) of a modification

13 of the fourth embodiment physically includes a CPU, a ROM, a
RAM, a communication device, and the like, which are not illustrated,
10 and the CPU integrally controls the speech decoding device 24m by
loading and executing a predetermined computer program (such as a
computer program for performing processes illustrated in the flowchart
of FIG. 43) stored in a built-in memory of the speech decoding device
24m such as the ROM into the RAM. The communication device of
15 the speech decoding device 24m receives the encoded multiplexed bit
stream and outputs a decoded speech signal to outside the speech
decoding device 24m. The speech decoding device 24m, as illustrated
in FIG. 42, includes the bit stream separating unit 2a7 and the time slot
selecting unit 3al instead of the bit stream separating unit 2a3 and the
20 time slot selecting unit 3a of the speech decoding device 24q of the
modification 12.
[0188] (Modification 14 of Fourth Embodiment)
A speech decoding device 24n (not illustrated) of a modification
14 of the fourth embodiment physically includes a CPU, a ROM, a
25 RAM, a communication device, and the like, which are not illustrated,

and the CPU integrally controls the speech decoding device 24n by
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t he tenporal envel ope suppl enentary information cal cul ati ng nmeans perforns
| inear prediction analysis in a frequency direction on each of the | ow
frequency conponent and the high frequency 20 conponent of the speech
signal transfornmed into the frequency domain by the frequency transform
means to obtain |low frequency |linear prediction coefficients and high
frequency linear prediction coefficients, and obtains the differenti al

i nformation by obtaining differences between the | ow frequency |inear

or ol bt ¢ ! ( ( cy |
oot t 1ol ont o J6adigE! S BxBid'S (eBbebRliROUERDNG, Aodalll Sl PR
the differentygl ihnhe ioqnhél%?gsaﬁ%éoﬁh f &86€ eanbgicweanitel REAT

prediction coefficients 1n at st any domain of LSP (Linear Spectrum
Pair), 1SP (liffg theRAMBPeThE WhriiunlcationSHelick NeRthSRPEECH MeEbdiagency)

| SF 5(I mm ttance Spectrum Frequency), m d PARCOR coefficient. 10. "A speech
encodi ng devidewideoR4enecelivoy tiee speeddd givdtiplexed Itdt spemaharehoathuty adevi ce

conpri si ng: core encodi ng means for encoding a |ow frequency
conponént 10afecoted spemhisigngrialqutside the speechatppoding dedoe 24nm fsans f or
converting the speech signal into a frequency, domain; | i near

prediction arimeseh sleneding fevicped4m dwneitpnallyeinclwasdthe low &pauapsys in a
frequency direction gn . coeffjcjents_in high frequencies of 15 the speech

si gnal transfléissdredicdor peabpiginihdd | dbkesiandrhange detestiocinit fehst or m
L R NI A AR T
| near. predf GLLanSASHILGESLS Y 301 5Ha e 1ol bRARIAH RbFLARHA0NE! VSIS
10 instead of the low frequency linear prediction analysis unit 2d, the
signal change detecting unit 2e, the high frequency linear prediction
analysis unit 2h, the linear prediction inverse filter unit 21, and the linear
prediction filter unit 2k of the speech decoding device 24a of the
modification 1, and further includes the time slot selecting unit 3a.
15 [0189] (Modification 15 of Fourth Embodiment)
A speech decoding device 24p (not illustrated) of a modification
15 of the fourth embodiment physically includes a CPU, a ROM, a
RAM, a communication device, and the like, which are not illustrated,
and the CPU integrally controls the speech decoding device 24p by
20 loading and executing a predetermined computer program stored -in a
built-in memory of the speech decoding device 24p such as the ROM
into the RAM. The communication device of the speech decoding
device 24p receives the encoded multiplexed bit stream and outputs a
decoded speech signal to outside the speech decoding device 24p. The
25 speech decoding device 24p functionally inclﬁdes the time slot selecting

unit 3al instead of the time slot selecting unit 3a of the speech decoding
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prediction coefficient quantizing nmeans for quantizing the high frequency

|l i near prediction coefficients decimated by the prediction coefficient

deci mati on nmeans; and bit stream nul ti pl exi ng means for
generating a bit streamin 25which at |east the | ow frequency conponent
encoded by the core encoding neans and the high frequency |inear prediction
coefficients quanti zed by the prediction coefficient quantizing neans are
mul ti pl exed. 11. A speech decodi ng devi ce for decodi ng an encoded speech

5signal, the §REEENIHEGOHNEARTEARNC PAPT TheNPeech decodiBl tdéﬁi&@gﬁo ded

separating means for separating a bit stream that includés the

speech si gnal alsfifcladesen®pd@feabl besdra@aFuaRD 8o ithsteny@ RRad of
suppl ementary information, the bit streamreceived from outside the speech

decodi ng devithe bifléteeine seieratth@pgnit@ads for decodi ng the encoded bit stream
separated by the bit stream separating nmeans to obtain a | ow frequency
conponent ; [0190] Thierleitystraem teparsing mitr@assseperates theshndtipleged bit | ow
frequency conmponent, obt ai ned by the core decoding neans into a frequency
15domadn: straging Hntor eheu SRR sypplemeniay mfennation ashtheeneeded kitgh

frequency conponent by c¢qopying the | ow freguency co nent transfornmed into
t he frequencyStEEHRias %9%&@“‘??@&?@?&3}1‘% ’éﬂ’ghﬂg’maﬁé F dtoatheotimyer equency

band to a hi gsqo{ sele L{?orhc%fg%a ion.
Industrial Applicability

[0191] The present invention provides a technique applicable to the

10 bandwidth extension technique in the frequency domain represented by

SBR, and to reduce the occurrence of pre-echo and post-echo and

improve the subjective quality of the decoded signal without

significantly increasing the bit rate.

Reference Signs List
15 [0192] 11, 11a, 11b, 11c, 12, 12a, 12b, 13, 14, 14a, 14b speech
encoding device
la frequency transform unit
1b frequency inverse transform unit
lc core codec encoding unit
20 1d SBR encoding unit

le, 1el linear prediction analysis unit

1f filter strength parameter calculating unit

1fl  filter strength parameter calculating unit

lg, 1g1, 1g2, 1g3, 1g4, 1g5, 1g6, 1g7bit stream multiplexing
25 unit

1h high frequency inverse transform unit
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20l ow frequency tenporal envel ope anal ysis nmeans for analyzing the | ow
frequency conponent transformed into the frequency domain by the frequency
transform neans to obtain tenporal envel ope information; t enpor a
envel ope adjusting neans for adjusting the tenporal 25envel ope information
obtained by the | ow frequency tenporal envel ope anal ysis neans by using the
t enporal envel ope supplenentary information; and t enporal envel ope
shapi ng neans for shaping a tenporal envel ope of the high frequency

conponent gener at edj by tﬂ@m{@ﬁllﬁ@@gp@ﬂgmmﬁﬁﬁmi ng nmeans by using the
tenporal envel ope informati on 5adjusted by the tenporal envel ope adjusting

means. 19. The speedh declimkargreldiviiorn coeffviehtrdecimatibaiunitll, further
conpri si ng: hi gh frequency adjusting nmeans for adjusting the
hi gh frequency 10cditponenearpmedietinn coefficiemteqangigiregenitt r ansf orm means i s
a 64-division QW flir"1|1 t ertebn%otraﬂﬁvgl(g})eealcalglrlla%igrgrpllln?tx coefficients, and
5 In envelope shape parameter calculating unit
1p, 1pltime slot selecting unit
21, 22, 23, 24, 24b, 24c speech decoding device
2a,2al, 2a2, 2a3, 2a5, 2a6, 2a7 bit stream separating unit
2b core codec decoding unit
10 2c frequency transform unit
2d, 2d1low frequency linear prediction analysis unit
2e, 2el signal change detecting unit
2f filter strength adjusting unit
2g  high frequency generating unit
15 2h, 2h1high frequency linear prediction analysis unit
2i, 2il linear prediction inverse filter unit
2j, 21, 22, 2j3,2j4  high frequency adjusting unit
2k, 2k1, 2k2, 2k3 linear prediction filter unit
2m  coefficient adding unit

20 2n frequency inverse transform unit

2p, 2pllinear prediction coefficient interpolation/extrapolation

unit
2r low frequency temporal envelope calculating unit
2s envelope shape adjusting unit
25 2t high frequency temporal envelope calculating unit
- 2u temporal envelope smoothing unit
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the frequency transfarm neans, the high frequency generating neans, and the
hi gh frequency adjusting neans operate based on a 15Spectral Band
Replication (SBR) decoder for "IVIPE&A AAC' defined in | SO I EC 14496-3".

13. The speech decodi ng device according to Claim11l or 12, wherein 20t he

| ow frequency tenporal envel ope anal ysis neans perforns |inear prediction
analysis in a frequency direction on the |ow frequency conponent
transforned into the frequency domain by the frequency transform neans to
obtai n | ow frequengy, binRaMpdhReh RS gugitents, the tenporal envel ope
adj usti ng nmeans adj usts thep I ow 25f rrequericy”l i near prediction coefficients
by using the tempons enygifinoestappircfemheaon contersic hgin, and t he
t enporal envel ope shapi ng neans perfornms |inear prediction filtering in a
frequency directioRzon2:h@-8i @, fI25q0e6 cyindovigoaient signal hechmeauemcy domai n
generated by the high frequency generating neans, by using Iinear

predi ction coxfjistoignbd adj usted by the tenporal 5envel ope adjusting neans,

to shape a tenporal envel ope of a speech signal.
5 3a,3al, 3a2 time slot selecting unit
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14. The speech decodi ng device according to Claim1l1 or 12, wherein 10the
| ow frequency tenporal envel ope anal ysis neans obtai ns tenporal envel ope
i nformati on of a speech signal by obtaining power of each tinme slot of the
| ow frequency conponent transformed into the frequency donmain by the
frequency transform neans, t he tenporal envel ope adjusting neans
adj usts the tenporal 15envel ope information by using the tenporal envel ope
suppl ementary information, and the tenporal envel ope shapi hg neans
convol ves the high frequency conmpongni ATM§Ehe frequency donmai n generated by
t he high frequency generating neans to shape the tenporal envel ope
of the high 20f reqenrpyectoenosding détibe tfoe adjodiiged sEachr sicnehvidkope
information. 15. The speech decodi ng device according to Claim1l or 12,
wher ei n speech eheodingvdeviequenyyisiegpor al envel ope anal ysi s neans
obt ai ns . } . :
- core encoding means for encoding a low frequency component
5 of the speech signal;
temporal envelope supplementary information calculating means
for calculating temporal envelope supplementary information to obtain
an approximation of a temporal envelope of a high frequency
component of the speech signal by using a temporal envelope of the low
10 frequency component of the speech signal; and
bit stream multiplexing means for generating a bit stream in
which at least the low frequency component encoded by the core
encoding means and the temporal envelope supplementary information
calculated by the temporal envelope supplementary information

15 calculating means are multiplexed.

2. The speech encoding device according to Claim 1, wherein the
temporal envelope supplementary information represents a parameter
indicating a sharpness of variation in the temporal envelope of the high
20 frequency component of the speech signal in a predetermined analysis

interval.

3. The speech encoding device according to Claim 2, further
comprising frequency transform means for transforming the speech
25 signal into a frequency domain, wherein

the temporal envelope supplementary information calculating
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25t enporal envel ope informati on of a speech signal by obtaining power of
each QW subband sanple of the | ow frequency conponent transforned into

the frequency domain by the frequency transform neans, t he
tenporal envel ope adjusting neans adjusts the tenporal envel ope information
by using the tenporal envel ope suppl enmentary 5information, and t he

t enporal envel ope shapi ng neans shapes the tenporal envel ope of the high
frequency conponent by multiplying the high frequency conmponent in the

frequency dormabmsearigied By idibdiDhveRie RaPRARSHAY! AKFBARRNDY the

adj usted tenporal envel ope 10i nformation. e speeCh decodi ng device

accordi ng t o Yased norl highhfeghendyhdineenaedictiony ebofiviaip phleametaby
information represents a filter strength paranmeter used for adjusting a
strength of tgeefdrimiegr lipeadipeediotiod Savafsiscirent sireqiéhcyThiéresfierclbndecodi ng
devi ce accordi n%ﬁt.o G aim 14 or 15, wherein the tenporal envel ope

suppl ement ar ycoefficientst inohighefregsemties af ghe apeee signiil dransfgmedhaigni t ude of
tenporal variation of the tenporal 20envel ope information. 18. The speech
decodi Ag devithe fameney dgmesn oy dhgirequengictansforRdaneaiipor al envel ope

suppl ementary information includes differential information of the |inear
prediction coefficients with respect to the | ow 25frequency |i near

prediction Cof.f fi ClI%réts%eech encoding device according to Claim 3, wherein the

temporal envelope supplementary information calculating means
performs linear prediction analysis in a frequency direction on
10 coefficients in low frequencies of the speech signal transformed into the
frequency domain by the frequency transform means to obtain low
frequency linear prediction coefficients, and calculates the temporal
envelope supplementary information based on the low frequency linear
prediction coefficients and the high frequency linear prediction

15 coefficients,

5. The speech encoding device according to Claim 4, wherein the
temporal envelope supplementary information calculating means
obtains prediction gains from the low frequency linear prediction
20 coefficients and the high frequency linear prediction coefficients,
respectively, and calculates the temporal envelope supplementary

information based on magnitudes of the prediction gains.
6. The speech encoding device according to Claim 2, wherein the

25 temporal envelope supplementary information calculating means

separates the high frequency component from the speech signal, obtains
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19. The speech decodi ng device according to Caim,l8, wherein the
differential information represents differences between |inear prediction
coefficients in at |east any domain of LSP (Linear SpectrumPair), ISP
(Imm ttance Spectrum Pair), LSF (Linear Spectrum Frequency), |SF
5(Immittance Spectrum Frequency), and PARCOR coefficient. 20. The speech
decodi ng device according to Caim11 or 12, wherein the |ow frequency
tenporal envel ope anal ysis nmeans perforns 10 linear prediction analysis in

a freauency dbngeriion Rodd a5 g RGN EATRONER. ULANSH dRdpnto the

frequency donai requency transform neans to obtain requency

linear predi Qﬁ%l@nﬁ%aﬁéﬂdf'&ﬁﬁﬁone%ﬁ,d R dalfulRe¥etheOfteppoball Ieﬁeel%get of the
| ow frequency Conponent “in the frequency dormain to obtain tenporal envel ope
information alupgl nfehgmadn based ontaheiapaitnée aff tenpetdperatpust i ng
means adj usts P e low frequency linear prediction coefficients by using the
t empor al envelfdhe tempptat erntlapy infohmatehi on and adj usts the tenporal

envel ope information by using the tenporal envel ope suppl enentary

i nfornation, 20and t he tenporal envel ope shapi ng neans perforns |inear
prediction filtering in a frequency_ direction, on the high frequency
component in %he fAdgumsesh @aﬁﬁﬁﬁgg@m%@@wﬁp&% *iﬂ@}h%f mheneincihe

generating nmeans by using the |inear predigction. coefficien adj usted by
Che. 26t enpor JPTRA! GRRele.SEPRTIRRERY  dBfaHiRgioTs (PelEs Al BRI Hpe of ¢ he
speech signal., .and shapes ;the.te [ envel qpe. of -hi gh equency
conponent by BERTGTRE FRAiE e qremeox daR er ROy RReridiEncy
domain with t r el r q adj Y, eppor al
o itn uﬂ;fi&nsgﬁfgrglggg FOHERDC 1hBEO PTBAABN A béfH s D Yobifee T

10 performing linear prediction analysis in a frequency direction on the low

frequency component of the speech signal.

8. The speech encoding device according to Claim 7, further
comprising:

15 frequency transform means for converting the speech signal into
a frequency domain; wherein

the temporal envelope supplementary information calculating

means performs linear prediction analysis in a frequency direction on

each of the low frequency component and the high frequency

20 component of the speech signal transformed into the frequency domain

by the frequency transform means to obtain low frequency linear

. prediction coefficients and high frequency linear prediction coefficients,

and obtains the differential information by obtaining differences

between the low frequency linear prediction coefficients and the high

25 frequency linear prediction coefficients.
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521. The speech decodi ng device according to Claim1l or 12, wherein

the | ow frequency tenporal envel ope anal ysis neans perforns |inear

predi ction analysis in a frequency direction on the | ow frequency conmponent
transfornmed into the frequency domain by the frequency 10 transfonti neans
to obtain | ow frequency linear prediction coefficients, and obtains
tenporal envel ope infornmation of a speech signal by obtaining power of each
Q VLF subband sanple of the | ow frequency conponent in the frequency

domain, the @WOV%&@%@&&?@&&&&;@% AR Bt Bk el T eduency

| i near prediction coefficients oral envel ope suppl enentary

i nformation anffeRgitup iffolaribe Fosteaénts INFLRRABed BERTIER! livar Pedictig t he
t enporal envel ope suppl enentary information, and the tenporal envel ope

shapi ng nmeansopéfidientssinl atrleadt danyedohiroof LAP {linker Bpectrumaldirgd8ency
direction on a high frequency conponent in the frequency domai n generated
by the high f(lmqitanye $yretratn dgimpdsbd Glinesr igpdctmeartpgestiai)j dRF
coefficients adjusted by the tenporal envel ope adjusting neans to shape a

t enporal envdlwpetiance Apeetpaadireguental), saefecierfipor al  envel ope of
t he high frequency conponent by nultiplying the high frequency conponent in
the frequency domain by the tenporal envel ope information adjusted by the

t emporal envel ppe ,adjustin ans., .22..The speech decodin ggv'ce

accordi ng to ‘&ai n@@bﬁffcthzfgc‘gﬁgge@%‘”%efof&P&BBH?g EnvidSs es&l I%‘ﬁent ary
information reprasents,.a .5 paraneter indicating both filter strength of
the linear prs@%F@TFB?'Pdd%’%fiF‘f FeTEPIiHEe e magni t ude of tenporal variation of

e emporal envel gog. LALRABAR 18 Sochanieg by ncails dppharler
10 of the speech signal;
frequency transform means for converting the speech signal into
a frequency domain;
linear prediction analysis means for performing linear prediction
analysis in a frequency direction on coefficients in high frequencies of
15 the speech signal transformed into the frequency domain by the
frequency transform means to obtain high frequency linear prediction
coefficients;
prediction coefficient decimation means for decimating the high
frequency linear prediction coefficients obtained by the linear prediction
20 analysis means in a temporal direction;
prediction coefficient quantizing means for quantizing the high
frequency linear prediction coefficients decimated by the prediction
coefficient decimation means; and
bit stream multiplexing means for generating a bit stream in
25 which at least the low frequency component encoded by the core

encoding means and the high frequency linear prediction coefficients
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bit stream separating neans for separating a bit streamdhat includes the
encoded speech signal into an encoded bit stream and |inear prediction
coefficients, the bit streamreceived from outside the speech decodi ng
devi ce; 15linear prediction coefficient interpolation/extrapolation neans
for interpolating or extrapolating the Iinear prediction coefficients in a
tenporal direction; and t enporal envel ope shapi ng neans for
performng linear prediction filtering in a frequency direction on a high

frequency 2 e rapre d i n e i n Si t he
interpolatedqggﬁggggag%ﬁaﬁgﬁ ﬁﬁ%@gﬂn%rg |c($%# g@% #?@ﬁ%npg%Pg gﬁgpe a

t enpor al envqhﬁggﬂgﬁﬂg speech signal. 24. A speech encoding nethod using a
speech encodi ng device for 25encodi ng a speech signal, the speech encoding
met hod conprising: a core encoding step in which the speech encodi ng devi ce
encodes a | ow frequency conponent of the speech signal, a tenporal
envel ope suppl 1errentAarsF)eécﬂf aleadlingn dealceut@t idegodihgp an nervdoidel ‘sfeechpeech
encodi ng devi ce cal cul ates tenporal envel ope supplenmentary information for
obt ai nbng an sgmlpthiermpeedn dedoding Heviesponaprisngel ope of a hi gh frequency
conmponent of the SEFech signal by using a _tenporal envelope of a | ow
frequency conponentitostrears sgpseating inaeails, feimgeparating a hit (sineamy ihaim

mul ti pl exi ng step, i n_which the speech encodi ng devi ce generates a bit
stream i n whilBglugdes| thgsenqoded| ser eﬂ&@%cyﬂ01@ncfam9§ﬁ‘égﬁlteﬁﬁr@aab@ndn t he

core encodi ng step and the tenporal  envel.ope supplenentary informgtion
cal cul ated i emg?%‘e%‘%ﬁﬁ%e émﬁﬁmt%dﬁ%ﬁ%ﬁ%ﬁ}h?ﬁgﬁﬁﬁ CERI®Cul at i ng
step are mul tipl exed. e i Jret hod using a speech encodi ng
eoPod For! Bl e e peRRHRANTLE

10 core decoding means for decoding the encoded bit stream

separated by the bit stream separating means to obtain a low frequency
component,

frequency transform means for transforming the low frequency
component obtained by the core decoding means into a frequency

15 domain;

high frequency generating means for generating a high
frequency component by copying the low frequency cofuponent
transformed into the frequency domain by the frequency transform
means from a low frequency band to a high frequency band;

20 ‘ low frequency- temporal envelope analysis means for analyzing
the low frequency component transformed into the frequency domain by
the frequency fransform means to obtain temporal envelope
information;

temporal envelope adjusting means for adjusting the temporal
25 envelope information obtained by the low frequency temporal envelope

analysis means by using the temporal envelope supplementary
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15encodi ng a speech signal, the speech encodi ng nmethod conpsi sing: a
core encoding step in which the speech encodi ng devi ce encodes a | ow
frequency conponent of the speech signal; a frequency transform step
in which the speech encodi ng device converts the speech signal into a
frequency domain; 20a |inear prediction analysis step in which the speech
encodi ng devi ce obtains high frequency linear prediction coefficients by
perform ng linear prediction analysis in a frequency direction on

coef ficients jhpifbnt hgguenci es of the speech signal transforned into the
frequency domain in the frequency transform step; 25a prediction

coefficient decina&&ﬂpoﬁﬂe@n%ﬂop@igﬂqﬁﬁg aReashfenchdping @ewb@@oﬂgcinates
the high frequency linear prediction coefficients obtained inthe |inear
prediction analwbie wfatte igp frequerncgnpormplondit eenemted by tha higkdi ction
coefficient quantizing step in which the speech encodi ng device quanties
t he hi gh fr editlequncligeearatmpedeans by usingaheiteinporal cnwciopetinforinatione i
prediction coefficient decination means step; and a bit stream

nul ti pPexi ng adiesged byhe temporal speelope adipsdinggneans.ce generates a bit
streamin which at |east the | ow frequency conponent encoded in the core
encodi ng step and the high frequency 10l i near prediction coefficients

quantized in fﬁe ptﬁl%i (S:f,ée%ﬁ'l 8883 &1&' §%ice according to Claim 11, further
comprising:
high frequency adjusting means for adjusting the high frequency
10 component; wherein |
the frequency transform means is a 64-division QMF filter bank
with real or complex coefficients, and
the frequency transform means, the high frequency generating
means, and the high frequency adjusting means operate based on a
15 Spectral Band Replication (SBR) decoder for "MPEG4 AAC" defined
in "ISO/IEC 14496-3".

13.  The speech decoding device according to Claim 11 or 12,
wherein
20 the low frequency temporal envelope analysis means performs
linear prediction analysis in a frequency direction on the low frequency
component transformed into the frequency domain by the frequency
transform means to obtain low frequency linear prediction coefficients,
the temporal envelope adjusting means adjusts the low
25 frequency linear prediction coefficients by using the temporal envelope

supplementary information, and
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guanti zing step are rfultiplexed. 26. A speech decodi ng
decodi ng device for decodi ng an encoded speech

met hod usi ng a speech
signal, the speech

decodi ng nmet hod 15conpri si ng: a bit stream separating step in which

t he speech decodi ng device separates a bit streamthat
speech signal into an encoded bit stream and tenporal

i ncl udes the encoded
envel ope

suppl enentary information, the bit streamreceived fromoutside the speech
decodi ng device; 20 a core decoding step in which the speech decodi ng

device obtains a | gg&g W 5.:};1@ Rt stream
separated in the b?ftﬁé{se[lr a [‘Eﬂvélegf’i@}%gﬁgg%e &%ggﬁ?r qugﬁﬁlOB

m separ ep;

ency transform

step in whi Chﬁlftél%dg REeC fredeaRd Bltefiton o8 &%ﬂﬁghofré@&rk?ecdrﬁﬁbﬁérﬁ%ency

conponent obtained in the coré decoding 25step into a

requency donmin; a

hi gh frequendhegérguatdynglshain penavaiech biyhehes ddgh hfidgoadiyngendeitinge
generates a high frequency conponent by C%Eéi ng the |l ow frequency conponent

transformed imeans,Hey Gsinglarey piedretion icoe

tefils egiested byrthesEomporat ep from

a low frequency band to a high frequency band; 5a |ow frequency tenporal
envel ofe analgmsietops ediustinghnens, He shepech tampomlepdape of chspgesd t enpor al
envel ope i nformation by analyzing the | ow frequency conponent transforned
into the fregd y domain in the frequency transform step; a tenporal

envel ope adjusting step in which the speech decodi ng

14.  The speech decoding device according to Claim 11 or 12,

wherein

10 the low frequency tefnporal envelope analysis means obtains

temporal envelope information of a speech signal by obtaining power of

each time slot of the low frequency component transformed into the

frequency domain by the frequency transform means,

the temporal envelope adjusting means adjusts the temporal

15 envelope information by using the temporal envelope supplementary

information, and

the temporal envelope shaping means convolves the high

frequency component in the frequency domain generated by the high

frequency generating means to shape the temporal envelope of the high

20 frequency component with the adjusted temporal envelope information.

15.  The speech decoding device according to Claim 11 or 12,

whereln

the low frequency temporal envelope analysis means obtains

25 temporal envelope information of a speech signal by obtaining power of

each QMF subband sample of the low frequency component
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10 device adjusts the tenporal envel.ope information obtained in the | ow
frequency tenporal envel ope analysis step by using the tenporal envel ope
suppl ementary i nformation; and a tenporal envel ope shaping step in
whi ch the speech decodi ng device shapes a tenporal envel ope of the high
frequency conponent 15 generated in the high frequency generating step by
using the tenporal envelope information adjusted in the tenporal envel ope
adj usting step. 27. A speech decodi ng nethod usi ng a speech decodi ng device
for ., opedFaman isre edianrael ahaal byl 6 hcgeeaskfpem et hod
20 conpri sing: a bit stream separating step in |ch t he speech
decodi ng deviggxgeparates a bit streamthat includes the encoded speech
signal into an encoded bit streamand a |inear predi ction coefficients, the
bit stream recei vethe nemport] semheeldpe ipedilty deeodi adjudavilee te@pardli near

prediction coefficient interpolating/extrapolating step in which the speech

decodi ng devienselapeeiformeien dry esingaful &tmporahecrivicheptr suppledientiryn
coefficient in _a tenporal direction; and a tenporal envel ope shapi ng
step if whi CHDfQTél@b@e@nddecodl ng devi ce shapes a terrpor al envel ope of a

speech signal by performing |linear predigtion filter nafreq ency
direction on a hi gﬁQ‘réﬁlP@ frly engelop élh%?i{lgrgﬁa%egti fhey tempgTaincy

Si?f"ago:bit oa THelae pFrarBPeiPREy EEmonertRy” mtﬂﬁﬁfs*’mgaﬁl%dhfg%
encod ng a SHEBLTENd O%bé‘]%eﬂit B Bealh BB EPRa Bl R R BT RGeS
frequency generating means by the adjusted temporal envelope

10 information.

16.  The speech decoding device according to Claim 13, wherein the
temporal envelope supplementary information represents a filter
strength parameter used for adjusting a strength of the linear prediction

15 coefficients.

17.  The speech decoding device according to Claim 14 or 15,
wherein the temporal envelope supplementary information represents a
parameter indicating a magnitude of temporal variation of the temporal

20 envelope information,

18.  The speech decoding device according to Claim 13, wherein the
temporal envelope supplementary information includes differential
information of the linear prediction coefficients with respect to the low

25 frequency linear prediction coefficients.
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core encodi ng nmeans for encoding a | ow frequency conponent of the speech

si gnal ; t enporal envel ope suppl enentary i nformation cal cul ati ng neans
for calculating tenmporal envel ope suppl enmentary information to obtain 15
an approxi mation of a tenporal envel ope of a high frequency conponent of

t he speech signal by using a tenporal envel ope of the | ow frequency
conponent of the speech signal; and bit stream nul ti pl exi ng nmeans for
generating a bit streamin which at |east the | ow frequency conponent

encoded by th, cor aneAheeneat i IERIRARMotdIR 6 TAnA SRk R,

suppl enent ary i'nformat on ca y the terpora enveél ope suppl enent ary
i nformati on cabetdAfal 'ilﬂfoﬁ%ﬁﬂén%ﬁre@}e&ht%'cﬁﬁ@fé%es BOrwétnSReas hredeadhng

program for encoding a speech signal 25causing a conputer device to

function as: geffcienrod stdesRtans; fomatnefdiSR(linkanSheeauaneir;dgponent  of

~the speech signal; frequency transform neans for transformng the
speech si gnal(linntittaacé rSypgotony FadnpilEF (Liear $pediuoh i Kreqaady)siSFreans for
performng linear prediction 5 analysis in a frequency direction on

coef fi &i ent s (lmnhittghcd BpeetamnifrsquénaearhBARE QGRgeificienhsf ormed i nto the

frequency domain by the frequency transform neans to obtain high frequency
|l i near prediction coefficients; predi ction coefficient decimtion

means for deci'd:ra ti rlL%et Qgee@hg gecoding device according to Claim 11 or 12,
wherein
the low frequency temporal envelope analysis means performs
10 linear prediction analysis in a ﬁequeﬁcy direction on the low frequency
component transformed into the frequency domain by the frequency
transform means to obtain low frequency linear prediction coefficients,
and obtains power of each time slot of the low frequency component in
the frequency domain to obtain temporal envelope information of a
15 speech signal,
the temporal envelope adjusting means adjusts the low
frequency linear prediction coefficients by using the temporal envelope
supplementary information and adjusts the temporal envelope
information by using the temporal envelope supplementary information,
20 and
the temporal envelope shaping means performs linear prediction
filtering in a frequency direction on the high frequency component in
the frequency domain generated by the high frequency generating
means by using the linear prediction coefficients adjusted by the
25 temporal envelope adjusting means to shape a temporal envelope of the

speech signal, and shapes the temporal envelope of the high frequency
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10frequency |inear prediction coefficients obtained by the |inear .
prediction analysis neans in a tenporal direction; prediction
coefficient quantizing neans for quantizing the high frequency |inear
prediction coefficients deci mated by the prediction coefficient decimation
means; and 15bit stream nultipl exing neans for generating a bit streamin
whi ch at | east the | ow frequency conponent encoded by the core encoding
means and the high frequency |inear prediction coefficient quantized by the

predi Gt on COBSbGHARA! $yIuRRLORIRY IRASER" Sroflliiy’l &xfdondf 39 eopeech

decodi ng progra ng an encod speech si‘gnal tausing a conputer

device to fungbih@hddSdomain witht the! teffiBraleB@vdlbpd tnfRARSohAUdjeaRaAMAt i ng a
bit streamthat i ncTudes the encoded speech signal into an éncoded bit
stream and 25thenpeiparalenvelppradjupiigementsry i nformation, the bit stream
received fromoutside the speech decodi ng program core decodi ng
means for decodi ng the encoded bit steamto obtain a | ow frequency
conponent ; frequency transformneans for transformng the | ow
frequefAcy condbnentThshispeendd degoding devisedeeentding rieakdaimmtld @rf ddquency

wherein
the low frequency temporal envelope analysis means performs
linear prediction analysis in a frequency direction on the low frequency
component transformed into the frequency domain by the frequency
10 transform means to obtain low frequency‘ linear prediction coefficients,
and obtains temporal envelope information of a speech signal by
obtaining power of each QMF subband sample of the low frequency
component in the frequency domain,
the temporal envelope adjusting means adjusts the low
15 frequency linear prediction coefficients by using the temporal envelope
supplementary information and adjusis the temporal envelope
information by using the temporal envelope supplementary information,
and
the temporal envelope shaping means performs linear prediction
20 filtering in a frequency direction on a high frequency component in the
frequency domain generated by the high frequency generating means by
using linear prediction coefficients adjusted by the temporal envelope
adjusting means to shape a temporal envelope of the speech signal, and
shapes the temporal envelope of the high frequency component by
25 multiplying the high frequency component in the frequency domain by

the temporal envelope information adjusted by the temporal envelope
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S5domai.n; hi gh frequency generating neans for generating a high 5
frequency conponent by copying the | ow frequency conponent transforned into
t he frequency domain by the frequency transformneans froma | ow frequency
band to a high frequency band; 10l ow frequency tenporal envel ope anal ysis
means for analyzing the | ow frequency conponent transformed into the
frequency domain by the frequency transform neans to obtain tenporal

envel ope i nformation; tenporal envel ope adjusting neans for adjusting the

t enpor al 152ﬁgmﬁh%@565ﬁ{ornation obtained by the | ow frequency tenporal
envel ope anal ySi's ans by using the tenporal envel ope suppl enentary
informati on; and tenporal envel ope shapi ng neans for shaping a tenporal
envel ope of the high frequency conponent generated by the high 20frequency
generati ng me@ns b heskpeechhded@iingr dévieavadoopéingnteor@aimoilady usl,ed by the
t enporal envel ope adjusting nmeans. 31. A speech decodi ng program for

decodi ng an embedad thepteanioral gme¢lopasspplgnzentanypinfermatevi cepreserftsinct i on as:

25bit steam separating neans for scefglar ating a bit streamthat includes the
encoded speedqiramgteal mndiceting botboddierbistrengitesoh dhe Hnear prediction

coefficients and a magnitude of temporal variation of the temporal

envelope information.

23. A speech decoding device for decoding an encoded speech

10 signal, the speech decoding device comprisingl:

bit stream separating means for separating a bit stream that
includes the encoded speech signal into an encoded bit stream and linear
prediction coefficients, the bit stream received from outside the speech
decoding device;

15 linear prediction coefficient interpolation/extrapolation means
for interpolating or extrapolating the linear prediction coefficients in a
temporal direction; and

temporal envelope shaping means for performing linear
prediction filtering in a frequency direction on a high frequency

20 component represented in a frequency domain by using the interpolated
or extrapolated linear prediction coefficients to shape a temporal

envelope of a speech signal.
24. A speech encoding method using a speech encoding device for

25 encoding a speech signal, the speech encoding method comprising:

a core encoding step in which the speech encoding device
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| i near prediction coefficient, the bit streamreceived fromoutside the

speech decodi ng program | i near prediction coefficient
i nt erpol ati on/ extrapol ati on means for interpolating or extrapol ating the
| inear prediction coefficients in a 5Stenporal direction; and t enpor al

envel ope shaping neans for performng linear prediction filtering in a
frequency direction on a high frequency conponent represented in a
frequency domain, the linear prediction filtering perforned using |linear

bredi cti on COF{CbiE! S0 frHhRHB0 cBhARmRh: of et aRQlghed by the [inear

prediction co I cient interpolatidn/extrapolation aris to shape a

tenporal envel ope ﬁfteﬁlp%%%iﬂeﬁdﬂnﬁgapleméﬁta@ eforRRbeh cARMQANE sipVi ce
according to Claim13, 20 or 21, 15 wherein the tenporal envel ope shaping

means, after jperfhicinithe $peechi atayding ativitd aaldulbtesr iengpdral tdpeefopequency
direction on the high frequency conponent in the frequency domai n gener ated
by the high faueplEmeytage nerfatmatgonrefors , otdafjnirsg sapowpproximiatienf idft ar ed hi gh
frequency conmponent obtained as a result of the linear prediction
20filtéring ttempoval envedops ohrdrghtirequeacy isempanenhof theepeechrsgnalt i on
filtering. 33. The speech decodi ng device according to Claim13, 20 or 21,
wherei n the tRSEE adspnBpk cBKelpPAPe dRY %‘e@ﬂpéncqu%% afhihers) i near
prediction filtering in the frequency direction on the high frequency
conmponent in %ﬁ@chﬁgﬁ@g domai n generated by the high

a bit stream multiplexing step in which the speech encoding

device generates a bit stream in which at least the low frequency

10 component encoded in the core encoding stép and the temporal
envelope supplementary information calculated in the temporal

envelope supplementary information calculating step are multiplexed.

25. A speech encoding method using a speech encoding device for

15 encoding a speech signal, the speech encoding method comprising:

a core encoding step in which the speech encoding device
encodes a low frequency component of the speech signal;

a frequency transform step in which the speech encoding device
converts the speech signal into a frequency domain;

20 a linear prediction analysis step in which the speech encoding
device obtains high frequency linear prediction coefficients by
perfonning linear prediction analysis in a frequency direction on
coefficients in high frequencies of the speech signal transformed into
the frequency domain in the frequency transform step;

25 a prediction coefficient decimation step im which the speech

encoding device decimates the high frequency linear prediction
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frequency generating neans, adjusts power in a certain frequency range of
the filtered high frequency conponent obtained as a result of the linear
prediction filtering to a value equivalent to that before the |inear
prediction filtering. 5 34. The speech decodi ng device according to Caim
14, 15, 20, 21, 32 or 33, wherein the tenporal envel ope supplenentary
information is a ratio of a mninmmvalue of the adjusted tenporal envel ope
information to an average val ue of the adjusted tenporal envel ope

| nformation. J@frgR tsgBBtaﬁ{E%Pg{‘ ttl%’@%i%@hﬁ\ﬂ%r&ﬁs‘!ﬂi&? aﬁ%&%ﬁsdkdr&gpts %ﬁ@e% m 14, 15,

20, 21 or any one o alns 3 erein the tenpo pe shapi ng
means, after @aiidral dik&dioh;9ain of the adjusted tenporal envelope so that
power of the high frequency conponent in the frequency domain in an 15 SBR
envel ope time segnenprédictisivicceifeiend efrantizapd st &1 whiehi tig epeddhe
tenporal envel ope, shapes the tenporal envel ope of the high frequency
conponent by endadipg yilegice hguhnghes rthqudngly deapenent lineart hereflicdgpmency
domai n by the tenporal envel ope of the high frequency conponent whose gain
i s confrol | edcoetlicienss dmm%ggenﬁhqem@dm@nd@m 1ead cdpeinagon anens m 12,

14, 15, 17, 20, 21 or any one of Clains 32 to 35, wherein the | ow frequency
t enpor al enveﬂ@ﬁbmﬁﬁalysis means obtai ns power of each of a plurality of

QW subband sanpl es of the | ow frequency conponent fransfaormed 25to the
frequency domain by BﬁeSth‘aé%J@H@qu? s%/tﬁpﬂwgq%g@ thﬁoﬁpéﬁﬁéi%o E¥por al
envel ope information represented, as_a.gain. coeffiici.ent tQ b mul tiplied by
each of the CHILE oRrEREs o rse Sofdol i i Bl R sl off gl ¢ e
QW subband s Y, i Fo\V s %ﬁ?ﬂﬁp 0 i segnent .
537. A speech %@Qﬁ%@ ¢ evidgg Lﬁotflé ecg%?l\régagiﬁn%t%@o ed _sp}eigg‘hﬁ%qﬁéﬂal

10 linear prediction coefficients quantized in the prediction coefficient

quantizing step are multiplexed.

26. A speech decoding method using a speech decoding device for
decoding an encoded speech signal, the speech decoding method

15 comprising:

a bit stream separating step in which the speech decoding device
separates a bit stream that includes the encoded speech signal into an
encoded bit stream and temporal envelope supplementary information,
the bit stream received from outside the speech decoding device;

20 a core decoding step in which the speech decoding device
obtains a low frequency component by decoding the encoded bit stream
separated in the bit stream separating step;

a frequency transform step in which the speech decoding device
transforms the low frequency component obtained in the core decoding

25 step into a frequency domain;

a high frequency generating step in which the speech decoding
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signal, the speech decodi ng device conpri sing: core decodi ng neans
for decoding a bit streamthat includes the encoded speech signal to obtain
a |l ow frequency conponent, the bit streamreceived from outside the speech
decodi ng devi ce; 10frequency transform neans for transform ng the |-ow
frequency conponent obtained by the core decoding neans into a frequency
domai n; hi gh frequency generating neans for generating a high
frequency conponent by copying the | ow frequency conmponent 15transforned

into the frequsicy gtaehites Ry hidle ffécgﬁﬂeycao:hpaﬂaitob o8Fyiag! tHyMiew ow
frequency band to a high frequency band; | ow T requency tenporal

envel ope analfysqpenteacsmporieraniabydbonged hietd dhe f frequenyy domanonianthe
transforned into the frequency domain by the frequency transform neans to
obt ai n t enporfa¢quemeyl tpasoinfstepraioon;a low fréquemoyabardved opehigh

suppl ementary i nformati on generating neans for analyzing the bit streamto
gener at e t enpaequensibendpe suppl ementary i nformati on; t enpor al
envel ope adjusting neans, for adjusting the_ tenporal. 25enyel Oﬁg i nf ormati on

obtai néd by the | of fovediraMency &mpppial @velarspanalyaisyder heshishpiheysi ng t he
temporal enveslp% c‘?hs(?é’c%d%”ge” evide obtains temporal envelope information by

analyzing the low frequency component transformed into the frequency
domain in the frequency transform step;
a temporal envelope adjusting step in which the speech decoding
10 device adjusts the temporal envelope information obtained in the low
frequency temporal envelope analysis step by using the temporal
envelope supplementary information; and
a temporal envelope shaping step in which the speech decoding
device shapes a temporal envelope of the high frequency component
15 generated in the high frequency generating step by using the temporal

envelope information adjusted in the temporal envelope adjusting step.

27. A speech decoding method using a speech decoding device for
decoding an encoded speech signal, the speech decoding method
20 comprising:

a bit stream separating step in which the speech decoding device
separates a bit stream that includes the encoded speech signal into an
encoded bit stream and a linear prediction coefficients, the bit stream
received from outside the speech decoding device;

25 a linear prediction coefficient interpolating/extrapolating step in

which the speech decoding device interpolates or extrapolates the linear
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I nfonnati on; and tenporal envel ope shapi ng neans for shaping a
tenporal envel ope of the high frequency conponent generated by the high
frequency generating neans using the tenporal envel ope information

5adj usted by the tenporal envel ope adjusting neans. 38. The speech
decodi ng device according to any one of Clainms 11 to 22 or 32 to 37,

wher ei n t he speech decodi ng device includes primry high
frequency 10adjusting nmeans and secondary high frequency adjusting neans,

both_cor r espogdigndidhf: ddisciindth & FEAHGATYiRUIYSLARY_eans, the

primary high guency adjusting neans executes a process including a part

of a process Co”esaoféﬁiﬂdiﬁl Eﬁ?vé]Bﬁe %@lné%@é}&'ﬁﬂ%bié!ﬂiﬁb%ﬂé&h%%ﬂémgl5t he
t enporal envel ope shapi'ng neans shapes a tenporal envel ope of an out put

si gnal of thedgriteahupd ghehipratlessyelage Ut 4 ngetEaRiznadty pbdosatndary

hi gh frequency adjusting neans executes a process not executed by

the prinary hiigéarf predicionyfihefing tin mgfregasrscy2@rection pnachihefequenaspondi ng

to the high frequency adjusting neans on an output signal of the tenporal

envel ofe shaptompaeetts represented in a frequency domain by using the linear
prediction coefficients interpolated or extrapolated in the linear

prediction coefficient interpolating/extrapolating step.

28. A speech encoding program for encoding a speech signal
10 causing a computer device to function as: ‘
core encoding means for encoding a low frequency component
of the speech signal;
temporal envelope supplementary information calculating means
for calculating temporal envelope supplementary information to obtain
15 an approximation of a temporal envelope of a high frequency
component of the speech signal by using a temporal envelope of the low
frequency component of the speech signal; and
bit stream multiplexing means for generating a bit stream in
which at least the low frequency component encoded by the core
20 encoding means and the temporal envelope supplementary information
calculated by the temporal envelope supplementary information

calculating means are multiplexed.
29. A speech encoding program for encoding a speech signal

25 causing a computer device to function as:

core encoding means for encoding a low frequency component
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-39. The speech decodi ng device according to Caim 38, wherein the secondary
hi gh frequency adjusting neans is an addition process of a 25si ne wave
during SBR decodi ng.

of the speech signal;
frequency transform means for transforming the speech signal
into a frequency domain;
linear prediction analysis means for performing linear prediction
5 analysis in a frequency direction on coefficients in high frequencies of
the speech signal transformed into the frequency domain by the
frequency transform means to obtain high frequency linear prediction
coefficients;
prediction coefficient decimation means for decimating the high
10 frequency linear prediction coefficients obtained by the linear prediction
analysis means in a temporal direction;
prediction coefficient quantizing means for quantizing the high
frequency linear prediction coefficients decimated by the prediction
coefficient decimation means; and
15 bit stream multiplexing means for generating a bit stream in
which at least the low frequency component encoded by the core
encoding means and the high frequency linear prediction coefficient
quantized by the prediction coefficients quantizing means are
multiplexed.
20 ‘
30. A speech decoding program for decoding an encoded speech
signal causing a computer device to function as:
bit stream separating means for separating a bit stream that
includes the encoded speech signal into an encoded bit stream and
25 temporal envelope supplementary information, the bit stream received

from outside the speech decoding program;
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core decoding means for decoding the encoded bit stream to
obtain a low frequency component;

frequency transform means for transforming the low frequency
component obtained by the core decoding means into a frequency
domain;

high frequency generating means for generating a high
frequency component by copying the low frequency component
transformed into the frequency domain by the frequency transform
means from a low frequency band to a high frequency band;

low frequency temporal envelope analysis means for analyzing
the low frequency component transformed into the frequency domain by
the frequency transform means to obtain temporal envelope
information;

temporal envelope adjusting means for adjusting the temporal
envelope information obtained by the low frequency temporal envelope
analysis means by using the temporal envelope supplementary
information; and

temporal envelope shaping means for shaping a temporal
envelope of the high frequency component generated by the high
frequency generating means by using the temporal envelope information

adjusted by the temporal envelope adjusting means.
31. A speech decoding program for decoding an encoded speech
signal causing a computer device to function as:

bit steam separating means for separating a bit stream that

includes the encoded speech signal into an encoded bit stream and a
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linear prediction coefficient, the bit stream received from outside the
speech decoding program;

linear prediction coefficient interpolation/extrapolation means
for interpolating or extrapolating the linear prediction coefficients'in a
temporal direction; and

temporal envelope shaping means for performing linear
prediction filtering in a frequency direction on a high frequency
component represented in a frequency domain, the linear prediction
filtering performed using linear prediction coefficients interpolated or
extrapolated by the linear prediction coefficient
interpolation/extrapolation means to shape a temporal envelope of a

speech signal .

32. The speech decoding device according to Claim 13, 20 or 21,
wherein the temporal envelope shaping means, after performing the
linear prediction filtering in the frequency direction on the high
frequency component in the frequency domain generated by the high
frequency generating means, adjusts power of the filtered high
frequency component obtained as a result of the linear prediction
filtering to a value equivalent to that before the linear prediction

filtering.

33.  The speech decoding device according to Claim 13, 20 or 21,
wherein the temporal envelope shaping means, after performing the
linear prediction filtering in the frequency direction on the high

frequency component in the frequency domain generated by the high
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frequency generating means, adjusts power in a certain frequency range
of the filtered high frequency component obtained as a result of the
linear prediction filtering to a value equivalent to that before the linear

prediction filtering.

34,  The speech decoding device according to Claim 14, 15, 20, 21,
32 or 33, wherein the temporal envelope supplementary information is a
ratio of a minimum value of the adjusted temporal envelope information

to an average value of the adjusted temporal envelope information.

35. The speech decoding device according to Claim 14, 15, 20, 21
or any one of Claims 32 to 34, wherein the temporal envelope shaping
means, after controlling a gain of the adjusted temporal envelope so that
power of the high frequency component in the frequency domain in an
SBR envelope time segment is equivalent before and after shaping of
the temporal envelope, shapes the temporal envelope of the high
frequency component by multiplying the high frequency component in
the frequency domain by the temporal envelope of the high frequency

component whose gain is controlled.

36.  The speech decoding device according to Claim 12, 14, 15, 17,
20, 21 or any one of Claims 32 to 35, wherein the low frequency
temporal envelope analysis means obtains power of each of a plurality
of QMF subband samples of the low frequency component transformed
to the frequency domain by the frequency transform means, and obtains

temporal envelope information represented as a gain coefficient to be
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multiplied by each of the QMF subband samples, by normalizing the
power of each of the QMF subband samples by using average power in

an SBR envelope time segment.

37. A speech decoding device for decoding an encoded speech
signal, the speech decoding device comprising;:

core decoding means for decoding a bit stream that includes the
encoded speech signal to obtain a low frequency component, the bit
stream received from outside the speech decoding device;

frequency transform means for transforming the low frequency
component obtained by the core decoding means into a frequency
domain;

high frequency generating means for generating a high
frequency component by copying the low frequency component
transformed into the frequency domain by the frequency transform
means from a low frequency band to a high frequency band;

low frequency temporal envelope analysis means for analyzing
the low frequency component transformed into the frequency domain by
the frequency transform means to obtain temporal envelope
information;

temporal envelope supplementary information generating means
for analyzing the bit stream to generate temporal envelope
supplementary information;

temporal envelope adjusting means for adjusting the temporal
envelope information obtained by the low frequency temporal envelope

analysis means by using the temporal envelope supplementary
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information; and
temporal envelope shaping means for shaping a temporal

envelope of the high frequency component generated by the high

frequency generating means using the temporal envelope information

adjusted by the temporal envelope adjusting means.

38.  The speech decoding device according to any one of Claims 11
to 22 or 32 to 37, wherein |

the speech decoding device includes primary high frequency
adjusting means and secondary high frequency adjusting means, both
corresponding to the high frequency adjusting means,

the primary high frequency adjusting means executes a process
including a part of a process corresponding to the high frequency
adjusting means,

the temporal envelope shaping means shapes a temporal
envelope of an output signal of the primary high frequency adjusting
means, and

the secondary high frequency adjusting means executes a
process not executed by the primary high frequency adjusting means
among processes corresponding to the high frequency adjusting means

on an output signal of the temporal envelope shaping means.
39.  The speech decoding device according to Claim 38, wherein the

secondary high frequency adjusting means is an addition process of a

sine wave during SBR decoding.
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