1 DESCRIPTION ENCODING DEVICE AND ENCODING METHOD Technical Field 5[0001]The
present invention relates to an encoding apparatus and encoding method used in a communication
system that encodes and transmits input signals such as speech signals. Background Art 10[0002]It is
demanded in a mobile communication sysie $HaRdde€dhsignals are compressed to low bit rates to

transmit to efficientlyﬁ%ilg% Iﬁ(iilﬁ wa ﬂ%ﬁPErﬁei%B sg chq%%h f ‘fji 6 5 also demanded
] \

that quality improvement in phone call speech and call service of highfidelity be realized, and, to meet
15 these demands. it is preferable to not only provide quality speech signals but also encode other
quality signalsthan the spegceh signals, such as quality audio signals of wider bands. [0003]The
technique of integrating a plurality of coding techniques in layers is promising for these two

contradi¢fdRP20 demdhisPTHiS F8dhnigue 8dibihesShadyets the BasetiBfet 46nencdBIRG TRgutSignals

in a form; adequaie I spepchisignpla at wbikratesnand:an eahaseenent layer fox ercodinge s
differential ﬁig{:als betwg—:en in uttsi n(gls e}nd dec%ded signals qof the base layer in a form adequate to
other sigan%ls t rélnnssprgécﬁ ™ ltlec:hrllif]ﬂ('ca1 of félﬁerfgr%i% ?a%/% ed t&difgin this way have
characteristics of providing scalability in bit streams acquired from an encoding apparatus, that is,
acquirinqg%%qgg?g sigpals from part of information of bit streams, and, therefore, is generally referred
to as "scalable coding (layered coding)." 30[0004]The scalable coding scheme can flexibly support
contmuniétiBr betwden hethforka b ¢abying bit ratéPtHahks togIchata@érieficss ande donsid@dently.

is adequair:tor r futpe, netwosk enviropentivhere variquswetwprks wilk be infegraged; byithe |
(Internet P ,tocol).ﬁS[OOO,S For exagmple. Non-Patent Documentldiscloses a technique of realizing
scalablecodifigUsng te tdeAkiqER At 18 RaRdAFdi 2 B EMPEBL 45 R Ahy Pitttird BRp&rtd Broup

phase-4h a2 Thid techniglecusesiCEh R {@ode £xcjted Lingar Bredictianheadingradehuvaie to speech
signals, in tg‘gctﬁsg laver., aid uses fransiarm coding; such,as AAC (Rd ?”%39 Audl .CPQe%S‘”?
TwinvVQ Transform Domain V\?elghted Interleave Vector ugntlzatmn)ant% réspect to resi Gal
sigrials dubtrsetidg Pessedayel tecodetkdighable to not only provide quality speech
signals but also encode other quality signals than the speech
stgnals, such as guality audio signals of wider bands.
[0003] The technique of integrating a plurality of coding
technigues 1n layers is promising for these two contradictory

20  demands. This technique combines in lavers the base layer for
encoding itnput signals in a form adequate for speech signals at low
bit rates and an enhancement laver for encoding differential
signals between input signals and decoded signals of the base layer
in a form adequate to other signals than speech. The technique of

25 performing layered coding in this way have characteristics of
providing scalability in bit streams acquired from an encoding
apparatus, that s, acquiring decoded signals from part of
information of bit streams, and, therefore, is generally referred to
as “scalable coding (lavered coding).”

30 [0004)] The scalable c¢oding scheme can flexibly support
communication between networks of varying bit rates thanks to its
characteristics, and, consequently. is adequate for a future
network environment where various networks will be integrated by
the IP (Internet Protocol).

35 [0005] For example. Non-Patent Document 1 discloses a
technique of realizing scalable coding using the technique that is

standardized by MPEG-4 (Moving Picture Experts Group phase-4).



from original signal, in the enhancement layer. [0006]Further, to flexibly support a network
environment in which transmission speed dynamically fluctuates due to handover between different
types of networks and the occurrence of 10 conges#ion, scalable encoding of small bit rate scales
needs tdldeireakzeidmtingu acesreinghy nded<to be Contigueat by proyviding daultiple layess dfi lower bit
rates. [Og(gi?JP%tg% Dtoocusm%né 1 anSdiP%tg t D?%u%agt g disglqse a tecrellni%ue of trartlsform fencoding of
transforming% signal which §s f%}the t%rge 10 Bé entGded: i thé ??ecﬁﬂen(r:}y dSméin alh%ne%c%alnr?g the
resultingefredjUepcy tlontain signahlh SucH thahsformesthcoding fiest, Grvdneryy eondporient of\ aQ
redquencyidarain Hinah Ialis 193G en tedterRel i cplewaled ard Auapiiagd pua per,gyband

basis, and a fine component of the above frequency 20domain signal, that is, shape vector, is

calcUlatdd &R §liahfizE§ SNBH-PhtéAEDEdSMERPIE AR Hibat MPEG -y wiittérs aAd 8ditet By Slikeichi
MIKI, the figsthedition; KagyeiehasakainPuhlishing, Iic «2eptember33. 1998, page 126 to 127 Patent
Documeﬂbé@% anege Translation of CT,A;fp?Iication 25Laid-Open No.2006-51}3457 Patent .
Documeht 2: Sane B Adlictise LRidopaR RBIHE F7- 361886 Bisclollird 8ftAeiRberition

30Problenisitotbe Sotvent by the dnwgntiod [@RO8HHoNMevEr ywiitn dwo succedsive parameatérsaye

quantizegJn grder, thg AAYRMEIST th3is, quantzed later s jnluenged by the quantization distoion of
the parameter that is quantized earli rp and tﬁerefore is inclined fo'show Increased quantization
didtBrtiors. 86 L FlidAafore, thereis e genaraltendendy shae In tharisiorrrcencading disctobed in Batent

Document L, and Fatery Pockmnest 4 farfuantizingA 93 apd sRaRergalee!d opder SNapeaeiors
show mulitiple layers of lower bit rates.
[0007]) Patent Document 1 and Patent Document 2 disclose a
technique of transform encoding of transforming a signal which is
15 the target to be encoded, in the frequency domain and encoding the
resulting frequency domain signal. In such transform encoding,
first, an energy component of a frequency domain signal, that is,
gain (i.e. scale factor) is calculated and quantized on a per
subband basis, and a fine component of the above frequency
20 domain signal, that is. shape vector, is calculated and quantized.
Non-Patent Document 1: “All about MPEG-4,” written and edited
by Sukeichi MIKI. the first edition, Kogyo Chosakai Publishing,
Inc., September 30, 1998, page 126 to 127

Patent Document 1: Japanese Translation of PCT Application
25 Laid-Open No.2006-513457
Patent Document 2: Japanese Patent Application Laid-Open

No.HEI7-261800

Disclosure of the Invention

30 Problems to be Solved by the Invention
[0008] However, when two successive parameters are quantized
in order, the parameter that is quantized later is influenced by the
quantization distortion of the parameter that is quantized earlier,

and therefore 1s inclined to show increased quantization distortion.

(%)
U

Therefore, there 1s a general tendency that, in transform encoding
disclosed in Patent Document 1 and Patent Document 2 for

quantizing a gain and shape vector in order, shape vectors show



3 increased quantization distortion and are unable to represent the accurate spectral shape. This
problem produces significant quality deterioration with respect to signals of strong tonality such as
vowels, that is, signals having spectral characteristiés that 5multiple peak shapes are observed.This
problemiaeepmeserotpudistiict achemadawes bitiwie isnaplementac 0Q09t isdhereiers @n wbject of
the present inventtion to g{ovipe an encoding ?Q{Jaratus ar%cLencodinf rgethod for accur, tel%/
encoding fe"Speciral ’dhapeSor signait of strong tonaly SUth™2E 1VORBIR  that i§ 1B ‘Sg&ctial
shapes af sighnalg havingrspectialcoharacteristies that multiple peakeshapes arerobsgrviady ahdt y
'mPVPV'“%IQ% “%?“l%% 9?%9%%%‘9@?'% ?g%@?‘? ‘ﬁ‘&éf’x‘ﬂr%?' é‘%‘gr%f;d%%qeadc%'gﬂf‘é%-i 13Mgape for
Solving the Problem [0010]The encoding apparatusaccording to the present invention employs a
configurdtigd Whith incades haiee 1aysr eltdaiigesbctionthas epéodekean ifsut Sl teractfiire

base laygi eprededwiptan abags,ayendecoging sectian thagdecodas the base 20 layer encoded data
to acquire a babse layer decoded signal; and an enhancement layer encoding section that encodes a
residual g%%gl repredéntliy 4 MRETERES bétiedhPiieShpft SighBFankithis bake 14eF BEtBded Signal,
to acquirgenhadeement tayed engodechbdatas anddn whiehctbel enbhancenment! ldyer arcoging séetion
has: a 95 dividing section thatdivides the residual.signal nfo & plurality of spbbiands; a fst shape
vector encoding seketion that éncodes the rﬂurali?y of subbands to acquiré’firs(f sﬁapeBencoded
infobmativn vandsthat baltulates trgetsgaing o thes plaradity of Sulshamds| a dairvvegorforingadection
that formsiang, gaip Megtpr using the 3Q pluralit.of targst galns; prd a gaip vestor aneeding ggation

that encodes the gain vector to acquire first gain encoded information. [00111 The encoding method
accordingidte orégehbinveRidd ivciifede di0idmg taBéh corfiltiarts Beqairetnsy &radfbring an
input sigaadl inccfiserpieneydomain, into a plurality of 35subbands; encoding transform coefficients of
the plurality of subbands to acquire first shapeencoded information and calculating target gains of the
transform coefficients of the 4 plurality of subbands; forming one gain vector using the plurality of
tafiget gavis;ans €ncoding the gairhwedtonto iaaguire first gain encoded information. 5Advantageous

Effects of inyention [00ALThe Rre3etyention 639 e aceuraiely £8coqg e e present
invention employs a configuration which includes: a base layer
encoding section that encodes an input signal to acquire base layer
encoded data; a base layer decoding section that decodes the base

20 layer encoded data to acquire a base layer decoded signal; and an
enhancement layer encoding section that encodes a residual signal
representing a difference between the input signal and the base
layer decoded signal, to acquire enhancement laver encoded data,

and in which the enhancement layer encoding section has: a

]
LN

dividing section that divides the residual signal into a plurality of
subbands; a first shape vector encoding section that encodes the
plurality of subbands to acquire first shape encoded information,
and that calculates target gains of the plurality of subbands; a gain
vector forming section that forms one gain vector using the
30 plurality of target gains; and a gain vector encoding section that
encodes the gain vector to acquire first gain encoded information.
0011l The encoding method according to the present invention
includes: dividing transform coefficients acquired by transforming
an input signal in a frequency domain. into a plurality of
35 subbands; encoding transform coefficients of the plurality of
subbands to acquire first shape &encoded information and

calculating target gains of the transform coefficients of the



spectral shapes of signals of strong tonality such as vowels, that is, the spectral shapes of signals
having spectral characteristics that multiple peak shapes are observed, and improve the quality of
10decoded signals such as the sound quality of decdded signals. Brief Description of Drawings [0013]

FIG.1is 3 binckidiagram showing e majp gonfiguwation, 136f & sraeeh GreedingiaPpalatHs aesording

to Embodiment 1 of the present invention: . FIG.2 is a block diagram showing the configuration
inside a §£&'ﬁd BYErehibiling Rectioh e ortend k6 ERAUiIMBAL © b thedrddthtanVéntions 20RIG.3

is a flowchattsthewing $ieps af seeond layer encoding processing in the second layer encoding section
according to Embodiment 1 of the present invention: FIG.4 is a block diagram showing the
configuration inside a shape vector encoding section according to Embodiment 1 of the 25present
invehtionA d vanFpg 8 4sia biodlediagrar $mowing ithe configuration inside the gain vector forming

section aFQW?@? to ’%WPO%%‘?&% 4 Of he presenhinugniion; o .o o FIG:Q {HCUﬁgateeg n detail the
operation of a target gain 30arranging section according to Embodiment 1 of the present invention;
FIG.7 is 4 BRotkidiagramshbwing tHERcbhTiguratioiPiRSide & gaitt Yestop Bnesding sedtiont Aedoiding to

Embodiment  ftberpresant pwentans 33618 is avilack diggram shawing the maig Gnfigyyation of
a speech decoding apparatus ccordin%to Embodiment 1 of the present invention; 5 FIGOis a

block diaft8m SRORINGTAS cSARiFationifiside s SEESIY Ia§8rdeldding Séctibhscadtaig Yo ©
Enhtfodintent & ot thes ppaseht isventioas the so &G JQilustratesfadbapelerter gadshook
according to 5SEmbodiment 2 of the present invention: FIG. 1lillustratesmultipleshapevectorcan
included in the shape vector codebook according to Embodiment 2 of the present invention:

FIG. 12 iBa bidclodiagrim ishowingd thereonfiggration 10inside the second layer encoding section
according@q;l;‘:mpodiment

FIG.1 is a block diagram showing the main configuration

I5 of a speech encoding apparatus according to Embodiment 1 of the
present invention;

F1G.2 is a block diagram showing the configuration inside
a second layer encoding section according to Embodiment 1 of the
present invention;

20 FIG.3 is a flowchart showing steps of second layer
encoding processing in the second layer encoding section
according to Embodiment 1 of the present invention:

FIG.4 is a block diagram showing the configuration inside
a shape vector encoding section according to Embodiment 1 of the

25 present itnvention;

FIG.5 is a block diagram showing the configuration inside
the gain vector forming section according to Embodiment | of the
present invention;

FI1G.6 illustrates in detail the operation of a target gain

30  arranging section according to Embodiment | of the present
invention;

FIG.7 1s a block diagram showing the configuration inside
a gain vector encoding section according to Embodiment I of the

present invention;

(F8 ]
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FIG.8 is a block diagram showing the main configuration
of a speech decoding apparatus according to Embodiment 1 of the

present invention;



3 of the present invention; FIG. 13 illustrates range selecting processing in a range selecting
section according to Embodiment 3 of the present invention; 15FIG. 14 is a block diagram showing the
configuration inside the second layer decoding sectién according to Embodiment 3 of the present

invention; FIG: 115 .shews:awpsiation of the.range s_kecting Section ascerding to Embadiment 3

of the present invention; FIG, 16 shows a variation of a range selecting method in the range

selecting's&&oh Bcbidifg  Eritbdiment § idhe préehtibantiont m 0 0 g anisla plodib S

diagram showmngta ivariatian ®f the configurationof therangeselectingsectionaccordingto

25Embodiment 3 ofﬂ%pﬁfenlt inv%ntiqn; IG. 18 iIIus%rates ho %ang?(informatign is formed in
. . , 1] 1ilustrate’s a s aém VdEC or Cf) cDO acco ing 10

the range information forming section according to Embodiment 3 of thé present invention;

FIG19 ilfusirbed theeaderatioh oha variatiemof enfirstr@0layer error transform coefficient generating
section according tosi@bpdimeny 3 of the presentipyeptign; s 5 nE1G-2Q shaws avarigtan of the

range selecting method in the range selecting section according to Embodiment 3 of the present
invention:;B5HIE 94 dRowB & S&tieN'Gt $1é Fakgelsdiéting Mrctiad irPtie rank &desediine sdction
according fotrabgdiment 3 of thesprasent invention; 6 FIG.22 is a block diagram showing the
configuration inside{_tg sc?c)ond layer cogﬁ?g aection according to Embodiment 4 ?f the present
invention; FIG.23'i$ a biock di&gfafit shBniry’ e main L8hHYEralids 5of tHe' 8edch! éRdbding
app@ratusnadebedingets Embodiniented of theoptésentsinventian; a ¢ ¢ o ridlGi 24 s athtoblo diagramt
showing §h% W%iﬁ'ec igy[:q,{ipr} ljﬂ;g tpoepji,rst layer encoding section according to Embodiment 5 of
the present invention; 10FIG.25 Is a }ock diagram showing the main configuration inside the first layer
decoding section actéfding tol Erhlsdditriert 5 eftBe phedent invention:o ¢ e s simfiGi26 is ablbele

diagram showing the maie capfigusation f the speschrdgaodingprRparatys aeeording tq,Embogiment
5 of the %%p\{gsrletqtc;g\/_entlon;

I5 FIG.14 1is a block diagram showing the configuration
inside the second layer decoding section according to Embodiment
3 of the present invention;

FIG.15 shows a variation of the range selecting section
according to Embodiment 3 of the present invention;

20 FIG.16 shows a variation of a range selecting method in
the range selecting section according to Embodiment 3 of the
present invention;

FIG.17 1s a block diagram showing a variation of the
configuration of the range selecting section according to

25 Embodiment 3 of the present invention;

FIG.18 illustrates how range information is formed in the
range information forming section according to Embodiment 3 of
the present invention:

FIG.19 1llustrates the operation of a variation of a first

30  Jayer error transform coefficient generating section according to
Embodiment 3 of the present invention;

FIG.20 shows a variation of the range selecting method in
the range selecting section according to Embodiment 3 of the

present invention;

L)
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FIG.21 shows a variation of the range seiecting method in
the range selecting section according to Embodiment 3 of the

present invention;



FIG.27 is a block diagram showing the main configuration of the speech encoding apparatus according
to Embodiment 6 of the present invention; FIG.28 is a block diagram showing the main
configuration 20 of the speech decoding apparatus agcording to Embodiment 6 of the present

invention; FI is,a block diagram showing the main configuration of the spgech encoding
apparatus aqcordin%‘%o%E?n%o&i?ne%t ?Ogc’tﬁsé( p;,éslegr%ri%\%ntigﬁ;oz %@.36rhlﬁstr%?er£%r%léésastih%nof
selecting thel khgigewhichcis thi targerte be edoodedsinaricoding procdssigg in therspeedhmeneoding

apparatug %cpqrg@%tpegr@mdmggtnzc of me present invention; FIG.31 is a block diagram

showing the main configurqthn 30 of the speech decoding apparatus according to Embodiment 7 of
the present inventioR G- 23 i a3b inghatda 4 eage wherdtedat§et @ péterfcoaddgd salbictad from

range capdidatessyrandecatcandahintanypls rinencoding RrOLessing indhe spesrh:ENeoding he
apparatus accordin%éo 35Embodiment 7 of the present invention; and FIG.33 illustrates a case
where thB Tigt'sg%’illto “SHebHRE is selected from range candidates arranged at equal intervals, in 7

encoding processing inkhedspeeahiehcoding iappatatus Aecarthing th Emhadiment wfokthe preseant

invention, st Mogle 9t Carmying.Qut inedayeniion slopgdlHiereinafier, embodimants;of fh present
invention will be explained’in detail with reference to the accompanying drawings. speec% encoding
apparatus/spdecdecotiivig iapparstiis Will be used as an example of an encoding apparatus/decoding

appgratus according:tacthe presentinention 19 explaindelow; A EMRPAMERE by 411 oFIC 1 1S

a block djagram showing the main configuration of speech encoding apparatus 100 according to
Embodim@&nt' £ 8f tHe ptéseht itventiche AR Siampis Wil BE eXSiambdifere the Bueth Bridbting
apparatus fant speeels decodingapparatus 15accordingtothepresentembodimentemployascalable
configuration of ton}a}ygr%. é:urther,bt[pe f'rstdl?%er constitlutes theobaﬁe layer.and the second layer
constitutes the enhancerent | Sayer. do1 In é?i%pseéghwelﬁ%bdﬁ § apparatds® ES] f’réh gncy
20domain frahsformingedection ddinfirst tayer enocdmgsectiam £02¢ fifshlayed tecoding settidre 103.
supgactq{ljé)sdfe gecopd layer ghcoding section 105 and multiplexing section 106. [0017]Frequency

domain transformln%sectlon 101 transforms a
I1G.27 1s a block diagram showing the main configuration

of the speech encoding apparatus according to Embodiment 6 of the
present invention;

FIG.28 1s a block diagram showing the main configuration

20 of the speech decoding apparatus according to Embodiment 6 of the
present invention;

FIG.29 is a block diagram showing the main configuration
of the speech encoding apparatus according to Embodiment 7 of the
present invention,

25 FIG.30 1liustrates processing of selecting the range which
is the target to be encoded in encoding processing in the speech
encoding apparatus according to Embodiment 7 of the present
invention;

FIG.31 is a block diagram showing the main configuration

30  of the speech decoding apparatus according to Embodiment 7 of the
present invention;

FIG.32 illustrates a case where the target to be encoded is
selected from range candidates arranged at equal intervals, in

encoding processing in the speech encoding apparatus according to

('S
wh

Embodiment 7 of the present invention; and
FIG.33 illustrates a case where the target to be encoded is

selected from range candidates arranged at equal intervals. in



time domain input signal into a frequency domain signal. and 25outputs the resulting input transform
coefficients to first layer encoding section 102 and subtractor 104. [0018]First layer encoding section
102 performs encoding processing with respect to the input transform coefficients received from

frequencydomein Yapsforaing section 401, and S0puthits,thesesyling ficstlayerenepged datg to

first layer decoding section 103 and multiplexing section 106. [0019]First layer decoding section 103
performEdB ORIt Shtbcds8ihg BSing tRe §ikst IE)&cdhddBd data received from first layer encoding
section 102, and outputs the resulting first layer 35decoded transform coefficients to subtractor 104.
[0020]Sybtractqr, 104 sybtraets the first lgyer decoded transform coefficients received from first layer
decodinlgﬁ)seesciic(;?\ﬁI 8(5135, f%grﬁ § ié ?nipnu%tzr%g/ﬁlstfogrﬁ]ecgerﬁ‘ﬁcqelinEé(?élceived from frequency domain
transforrhihg kédtionl 01 camd butputs thé redultiegfisstddyeh ermpr ¢ramsform eeefficientsitol $econd

layer engading,sqelien 10% {0074 SeeAnddayeranceding seationA0ppRtars Sapping Spiacessing
with respect tothe firstlayer error transform coefficients received from subtractor 104, and outputs the
resulting’seédriilaer ©heSdEd data B mURtiexia§ 886tion 406 orlirtHer adepérid fayer Bridddibg

section 105ewill be dasceledin detaildatar. LHQQZZIMultiplexing section 106muliplexps the,first layer
encoded data received from first layer encoding section 102 and the second layer encoded data

received ot 58481 e bn OB Sctidn FOK 14HY b8tptishthireshifiihg it stream to a
transmispibf channeal ELp[B02B]HE&n2 id a block diagram showing the configuration inside second layer
encoding section 1q§l 01241]In FI%.IZO. Ci%c%nd Ia}/gl;nenscgdigg. seocti%}6105 has subg§?d formin

section 151, shape vector encs:oéing section ﬁ%% gain vector ctfrfhing seg%i%hnléé? galng\}lerc?c{)f 8fr1%oding

section X569 am20rhultiplexidg sectignpkssitus 100 according to Embodiment 1 of

the present invention. An example will be explained where the

speech encoding apparatus and speech decoding apparatus
15 according to the present embodiment employ a scalable

configuration of two lavers. Further., the first laver constitutes

the base layer and the second layer constitutes the enhancement

laver.

[0016] In FIG.l, speech encoding apparatus 100 has frequency
20 domain transforming section 101, first layer encoding section 102,

first layver decoding section 103, subtractor 104, second laver

encoding section 105 and multiplexing section 106.

[6017] Frequency domain transforming section 101! transforms a

time domain input signal into a frequency domain signal, and
25 outputs the resulting input transform coefficients to first laver

encoding section 102 and subtractor 104.

[0018] First layer encoding section 102 performs encoding

processing with respect to the input transform coefficients

received from frequency domain transforming section 101, and
30 outputs the resulting first layer encoded data to first layer

decoding section 103 and multiplexing section 106.

[0019] First layer decoding section 103 performs decoding

processing using the first layer encoded data received from first

layer encoding section 102, and outputs the resulting first layer
35 decoded transform coefficients to subtractor 104.

[0020} Subtractor 104 subtracts the first layer decoded transform

coefficients received from first layver decoding section 103, from



[0025]Subband forming section 151 divides the first layer error transform coefficients received from
subtractor 104. into M subbands, and outputs the resulting M subband transform coefficients to shape
vector encoding section 152.Here, when 25the first Ig&yer error transform coefficients are represented

as e,(k). fhe mrfsebbanduansigrm.caefiicients,eim i &vaw@c?w)gyg% [%fgggpfeeﬁ%yeg Pﬁ,g)(&ggving

equation 1. [1] e(m,Kk). el(k + F(m)) ... (Equation 1) k <F(m +1)- F (m n equation

represents WS HEGHRHRYE inth& HoUhdANiheadRlibBatidandthdletatibnshipbin g first layer

05_F(0)<(Ld+. (B £birholdse Fiare; &k kepresaenisthe highest fisgugaonel thedirst layeperror
transfor %%ﬁ 'entsS and m a5fumes an integer of 0<m<M-1. 35[0027]Shape vector encoding
section r1TIS§ J%rms ShESE Jectdr 8TquBREATibR Hith FEIEHE to tfle MREPbART FarfhfMd 10 g
coefficients sequeritiadly receited fronp suhband forrhing section 13%te generatershape epcoded
informati ba nd calcujates target.gains of the bband transform coefficients. 5
Shape vgg(?r%ﬁ%ggiﬁg?secg%l%q %%%eo%tplﬁ%sotﬁle g%éﬁ‘égrlg{&f gr?arpeI\({elr(;f‘ckﬂo‘deaa formatioR td %ulﬁlﬁlﬁéxing
section 155 Bhd Butpss ke thrdetgding 1o galin Jestat forfringnsettion! £53.iFurthec, tsapel vegtor
encodingrseeting 5% willhedeseribed in, defail }péers [0028]Gain yectrforming gectiop; %%??fows one
gain vector 10with the M target gains received from shape vector encoding section 152, and outputs
this gain Y&t ol §AfTvector encoding section 154. Further, gain vector forming section 153 will be

described irodexail latent J0O2P)GaINMectoe encodingisestiom1s4 nertotras Veder first layer

encoded data received from first layver encoding section 102 and

o,

the second layer encoded data received from second layer encoding
section 105, and outputs the resulting bit stream to a transmission
channel.
15 [0023] FIG.2 is a block diagram showing the configuration inside
second layer encoding section 105,
10024} In FIG.2, second laver encoding section 105 has subband
forming section 151, shape vector encoding section 152, gain
vector forming section 153, gain vector encoding section 154 and
20 multiplexing section 135,
[0025) Subband forming section 151 divides the first laver error
transform coefficients received from subtractor 104, into M
subbands, and outputs the resulting M subband transform

coefficients to shape vector encoding section 152. Here, when

3]
tn

the first layer error transform coefficients are represented as e (k).
the m-th subband transform coefficients e(m.k) (where 0= m=

M-1) are represented by following equation 1.

(1]

e(m, k) =e (k + F(m))

... (Equation 1)
(0<k < F(m+1)-F(m))

30 [0026] In equation I, F(m) represents the frequency in the
boundary in each subband, and the relationship of
0<F(0)<F(1)<..<F(M)<FH holds. Here, FH represents the highest
frequency of the first layer error transform coefficients. and m
assumes an tnteger of 0<m=<M-1.

35 [6027] Shape vector encoding section 152 performs shape vector



15quantization using the gain vector received from gain vector forming section 153 as a target value,
and outputs the resulting gain encoded information to multiplexing section 155.Further, gain vector
encoding section 154 will be described in detail laterg [0030]Multiplexing section 155 multiplexes the
shape encoggqi_ZZOmfogmatlplQ ﬁe(r:%lve% Er%)rposk][e}llpee chtor %ondwq rsectlt%? 152 and ggln eggqged

information recelvgé fom ‘aam vector encoding section 81%5. and outp%{)sst %rrfélsuﬁt?neg it stfeanm as

second Iaslérleﬁhrs@déﬁlda_ltarmcmmtip_téxi_rfg sactioni1062 [003 1]k Gi8ishows adidwahart showinigsteps
of second lgyef £pencoding Processingeln seeandk-layer igngoding serlion N0S. (0721 First, insiep

(hereinafter, abbreviated as "ST") 1010, subband forming section 151 divides the first layer error
transforr EbeHiLIIRS inforISubbARRS 16 forth M1 MibBarRitamsiorf? o giBntS. Sof60S 3R in ST

1029, sesandhlayer €ncedingsestipn 105 nitializes a subhapdcounterte that geuntssyblandsdo -O.-
[0034]Next. in ET ﬁ’LO.BO sh%pe vector encodr'\gg sectign %52 agerfmrms s}?ape vector encoding ggg\
respect o5& SUbLARE A& cBERTIER °r ' Jbhet4ts the in SubB&HH SbdeYdricd

35informadingcand: gemeyate theamsthvstibbanditsansformn coeffidients tar§et gain: {0Q3S|NextingSeT

1040, seg ere ing section 105, 10 increments the subband counter m by one. [0036]Next,
in ST 10g§,% ge!)?gn%nlgéﬁ eﬂl ogégqslglc%o]ngiogdggic?%g w ee%ﬁéﬁ%fn%ﬂr%&f%3I1d'E¥[i)g%r7]In ST 1050,
when detfifthg&hat nf<M holds ¢STT10B0 MYRS") ssecbinaye? endodingssertion 03 rettigsihe

progessing; steP {1 STNO30arget gains received from shape vector encoding
section 152, and outputs this gain vector to gain vector encoding
section 154. Further, gain vector forming section 133 will be
described in detail later.
[0029] Gain vector encoding section 154 performs vector

15 gquantization using the gain vector received from gain vector
forming section 133 as a target value, and outputs the resulting
gain encoded information to mulitiplexing section 155. Further,
gain vector encoding section 154 will be described in detail later.
[0030] Multiplexing section 155 multiplexes the shape encoded

20  information received from shape vector encoding section 152 and
gain encoded information received from gain vector encoding
section 154, and outputs the resulting bit stream as second layer
encoded data to multiplexing section 106.

[0031] FIG.3 shows a flowchart showing steps of second laver

25 encoding processing in second laver encoding section 105,

[0032] First, in step (hereinafter, abbreviated as “ST”) 1010,
subband forming section 151 divides the first laver error transform
coefficients into M subbands to ferm M subband transform
coefficients.

30 [0033] Next, in ST 1020, second layer encoding section 105
initializes a subband counter m that counts subbands, to 0.7
[0034] Next, in ST 1030, shape vector encoding section 132
performs shape vector encoding with respect to the m-th subband

transform coefficients to generate the m-th subband shape encoded

[ 5]
th

information and generate the m-th subband transform coefficients
target gain.

f0035] Next, in ST 1040, second layer encoding section [05



[0038]By contrast with this, in ST 1050, when deciding that m<M does not hold (STI0O50: "NOM gain
vector forming section 153 forms one gain vector using M target gains in ST 1060. 10 [0039] Next, in
ST 1070, gain vector encoding section 154 performgqvector quantization using the gain vector formed

in gain vgﬁt r% i rgitqg_ssg@!?ltgzoqS ﬁ%?t&%% t%_r(ggth\{%l%ieséﬁ gen%rate gain encoded information. [0040]Next,

in ST 10 ultiplexing section 155 multiplexes apye éncoded information generated in shape
vector erdbdinglsectidn 162 amd dain enedded imtormatonl gerrerated irghin gectorcénoading®skction

154. [004EIG-4 ds @ plogkdiagram showingitheaepdiguration inside shape vector encoding section
152. 70[0042%1In FIG.4, shape vector encoding section 152 has shape vector codebook 521,

cross-cotBfhfidd caltllathg sbEtibh:-528 M&ito-¢65érhiiBg cdlbahtiny s¥tidrPsds, dedrchihg $8ction

52435nd taygesgain calewlating seetior h2% J0843]Shaproveciar sodebeek H2hstopasa Pahaf
shape vecttor 2?ca§c:[ldfi\t83 epresenting the shape of the first layer error transform coefficients, and
outputs s%éﬁ?e v8ctor candidates sequentially to cross-correlation calculating section 522 and
auto-corrgldiivf talctlatingesettiont528 idsethon a canti®lIsigh@bréceiwddefrond searthing section
524.Further, genegaly. feyepls gases yiar S0ashane vasiqncarebppk adantsimade of pelually
securing storing space and storing shape vector candidates, and there are cases where a shape
vector codeBobR FéRmsoshaps dbtorcariidatesee ctdiry o regletarminedpfoded Siflg steps.In later

cases, it jgnof pecessaEy {0 agially-pecuper gtoring space-Althgugh-anyQne,3o0k theshape vector
codebooks may be used in the present embodiment, the present embodiment will be explained below
performs vector quantization using the gain vector formed in gain
vector forming section 153 as a target value to generate gain
encoded information.
0040} Next, 1n ST 1080, multiplexing section 155 multiplexes

15 shape encoded information generated in shape vector encoding
section 152 and gain encoded information generated in gain vector
encoding section 154.

{0041] FIG.4 1s a block diagram showing the configuration inside
shape vector encoding section 152,

20 [0042}] In FIG.4, shape vector encoding section 152 has shape
vector codebook 521, cross-correlation calculating section 522,
auto-correlation calculating section 523, searching section 524
and target gain calculating section 5235,

[0043] Shape vector codebook 521 stores a plural of shape vector

23 candidates representing the shape of the first layer error transform
coefficients, and outputs shape vector candidates sequentially to
cross-correlation calculating section 522 and auto-correlation
calculating section 323 based on a control signal received from
searching section 524. Further, generally, there are cases where

30 a shape vector codebook adopts mode of actually securing storing
space and storing shape vector candidates, and there are cases
where a shape vector codebook forms shape vector candidates
according to predetermined processing steps. In later cases, it is
not necessary to actually secure storing space. Although any one

35 of the shape vector codebooks may be used in the present
embodiment, the present embodiment will be explained below

assuming that shape vector codebook 521 storing shape vector



assuming that shape vector codebook 521 storing shape vector 11 candidates shown in FIG.4 is
provided.Hereinafter, the i-th shape vector candidate in the plural of shape vector candidates stored in
shape vector codebook 521, is represented as c(i,k).jHere. k represents the k-th element of a plurality

of eleme ggmﬁQHlegsa% acp&}{ec or c%rluadgte %00?{%%{9% %prrelaﬂo galgglﬁtlnlg seﬁ;uon 5231
calculates the cross correlation ccor(i) between t subband transform coefficients recéived from
subbandsfoafting seetion 15 add ¢t Bthi Shdpeevartsrr édndidaté keceived §ioi shape ddetett ¢ s

codebook: 1} 221 accarding to.fellqwing eguatinn A aRth autpyts the Cross.Gorieiation ceef(i)tp
searchlrl%sectlon 524 and target gain calculating section 525. [2] F(1 -F(m). ccor(l) e(m,k) c(i,k)

(Equatidn ) €15[H0ASARS-EdtelatiBh chichiatifds@dibh 593 calchihtdLtid Jut fe i AiE R &eor(i)
of thie shipeneatgr cantigpte ok k) recaivaddidm tsd1ape vector codebook 521, according to following

equation gi utputs the auto- ~cort elatlon acqr(i earchln section 524 and target gain
calculatl ?8(5%10 I))nS 5. fOQ[S I9|n )-- m]noanco(r: c(|k (ia‘bam%%%ﬁ“ Jgé alcuql 1965 the
cross correlation ccor(i) between the m-th subband transform

coefficients received from subband forming section 15! and the
i-th shape vector candidate received from shape vector codebook
10 521, according to following equation 2, and outputs the cross
correlation ccor(i) to searching section 524 and target gain

calculating section 525.

[2]
Fim+1)=F(m)-1

ceor(i)= Z e(m,k)-c(i,k) ... (Equation 2)
k=0
15 [0045] Auto-correlation calculating section 523 calculates the
auto-correlation acor(i) of the shape vector candidate c¢(i,k)
received from shape vector codebook 521, according to following

equation 3, and outputs the auto-correlation acor(i) to scarching

section 524 and target gain calculating section 525.

20 [3]
Fim+i=-F -1
acor(i) = Z c(i,k)” ... (Equation 3)
k=0
100461 Searching section 524 calculates a contribution A

represented by following equation 4 using the cross-corrclation
ccor(i) received from cross-correlation calculating section 522
25 and the auto-correlation acor(i) received from auto-correlation
calculating section 523, and outputs a control signal to shape
vector codebook 521 until the maximum value of the contribution
A is found. Searching section 524 outputs the index i, of the
shape vector candidate of when the contribution A maximizes, as
30 an optimal index, to target gain calculating section 3525, and
outputs the index i,p: as shape encoded information to

multiplexing section 155.

[4]



k=0 [0046]Searching section 524 calculates a contribution A represented by following equation 4 using
the cross-correlation ccor(i) received from cross-correlation calculating section 522 25 and the
auto-correlation acor(i) received from auto-correlatioyp calculating section 523, and outputs a control
signal to shape vector codebook 521 until the maximum value of the contribution A is found. Searching
section 524 outputs the index iopt of the-gpppgvector candidate of when the contribution A maximizes.

as 30an optimal index, to target gaid @aitulat?g% sectiohk5pB,adandn 4)
outputstheindexicp,asshapeencodedinfdfffdiléhto multiplexing section 155. [4] A =ccor(02 ...
(Equation 4) acor(i) [0047]Target gain calculating section 525 calculates the target gain according to
followinglétiation 5 L8iRg the EAdds-6artemtian icter@)reteved From crobebitalation ealaulating

section 522 b the aytateargelationaceriiteseivgd fram Auto-gerelatian.caleylating section G3,and
>3i0 1 receivgd fiom searching section 524, and outputs thjs target gain to gain vector
C

h imal ind
the optimal In flj_5 _Tg]e]fd’e 6?({6;;5ﬁ%ﬁ’ﬁz’ﬁ@drfieﬁlgﬁf@ﬁu&%ﬁg)latmg section 522,

e
forming sectid
5> the auto-correlation acor{(i}) received from auto-correlation

calculating section 523 and the optimal index icp; received from
searching section 524, and outputs this target gain to gain vector
forming section 153,

[5]

ccor(iy, )

10 gain= ... (Eguation 5)

acor(z‘op,)

[0048] FIG.5 is a block diagram showing the configuration inside
gain vector forming section 153.
[0049] In FIG.5, gain vector forming section 153 has
arrapgement position determining section 531 and target gain
arranging section 532.
[0050] Arrangement position determining section 531 has a
counter that assumes “07 as an initial value, increments the value
on the counter by one each time a target gain is received from
shape vector encoding section 152 and, when the value on the
20 counter reaches the total number of subbands M, sets the value on
the counter to zero again. Here, M is also the vector length of a
gain vector formed in gain vector forming section 1353, and
processing in the counter provided in arrangement position
determining section 531 equals dividing the value on the counter
25 by the vector length of the gain vector and finding its remainder.
That is, the value on the counter assumes an integer between “07
and “M-1.7 Each time the value on the counter is updated,
arrangement position determining section 531 outputs the updated
value on the counter as arrangement information to target gain
30 arranging section 532.
[0051] Target gain arranging section 532 has M buffers that
assume “07 as an initial vaiue and a switch that arranges the target

gain received from shape vector encoding section 152, in each



[0048]FIG.5 is a block diagram showing the configuration inside gain vector forming section 153.
[0049]InFIGS,gain vectorformingsection153has arrangement position determining section 531 and
target gain 15arranging section 532. [0050]Arrangenment position determining section 531 has a

counter umes 0- as:an niti lue, increment V, the counter by e Ime a
target gattl?nﬁitg?rgé%:’eivge%%rotr?f}s%aggy v?e!gtgr gnfc%%(?n%é sg;c%t.if(})hr?elg%ae%%?w gg%h_e%é:lué %%%%hg%%gﬁnunter
reaches sl \hefilder efsubBands M,dte thé valud Bnahewbimiet b zetd agdingierd. Mpidialso

the vectqy lgngth of & gajn, yaetos forped wggﬁhxﬁwﬁwﬁm SEGHR 13, AN RIOCESING IR the

counter provided in arrangement positjon determining section 53%§guals dividing the value on the

counter 35 TB\PthE Veidr RAGIH bf thel §aimBddE ARdSFdfHg fs Tetainder. That is, the value on the
coufiter g$sME3 anjinteger betweena0c andi-b.p Eash time the vedug en the caunter isygadaied,

arrangement positin, Cjetler[mdrél?%ﬁectlon 531 outputs the updated value on the counter as

arrangement information 't target gain 30arranging section 532. [0051]Target gain arranging section
532 has M buffels thbt agsuimé 0vascan initinh valgenangta switch that aoranges thet tatgetigdin e
received fiom shapg yeelor ghooding sgEUan 1og; i Racl S3Aular aneilisswiic grranges e
target gain received from shape vector encoding section 152. in"a buffer that is assigned as a number
the value”shéWn BY ' iahgEhseht infofhativon feeBiveéd 81 arrifigément Pésitién 8éfertamifig s&ction

53Mlo 5[0Q3]k K6 dlusirates thaoperatian piiterget gaiVa@NOAG g et gains are arranged
in all buffers, target gain arranging section 532 outputs a gain
vector formed with the target gains arranged in M buffers, to gain
vector encoding section 154,
[0054] FIG.7 1s a block diagram showing the configuration inside
15 gain vector encoding section 154,
[0055] In FIG.7, gain vector encoding section 154 has gain
vector codebook 541, error calculating section 542 and searching
section 543,
f0056] Gain vector codebook 541 stores a plural of gain vector
20 candidates representing a gain vector, and outputs the gain vector
candidates sequentially to error calculating section 542, based on
the control signal received from searching section 543. Further,
generally, there are cases where a gain vector codebook adopts
mode of actually securing storing space and storing gain vector
25 candidates, and there are cases where a gain vector codebook
forms gain vector candidates according to predetermined
processing steps. In the later cases. it 1s not necessarv to
actually secure storing space. Although any one of the gain
vector codebooks may be used in the present embodiment, the
30 present embodiment will be explained below assuming that gain
vector codebook 541 storing gain vector candidates shown in FIG.7
is provided. Hereinafter, the j-th gain vector candidate of the
piural of gain vector candidates stored in gain vector codebook
541. 1is represented as g(j,m). Here, m represents the m-th
35 element of M elements forming a gain vector candidate.
[0057] Error calculating section 542 calculates the error E(j)

according to following equation 6 using the gain vector received



section 532 in detail. [0053]In FIG.6, when arrangement information inputted in the switch shows "0,"
the target gain is arranged in the O-ft buffer and, when arrangement information shows "M-I," the target
gain is 10 arranged in the (M-1)-th buffer. When targat gains are arranged in all buffers, target gain

arrangin i in vectar for. ith-the target gains arranged in M buffers, to gain
Cector ontedngmaton Tod TS AT Tk discract cnonia b contou o b g
vector edcodifig settidi® 154 00551t FIG. T, gdibveetorehdodiiydsection Us4 hhs gain wedidri )
codebookp4ls £F10K LRICWRIING §eCtinnH42 and searching section 543. [0056]Gain vector codebook
541 stores a plural of gain vector 20candidates representing a gain vector, and outputs the gain vector
candidaté8 %equentially to error calculating section 542. based on the control signal received from
searching section 543. Further, gelggrally, there are cases where a gain vector codebook adopts mode
of aetually securing storinngﬁ)é)c% gt’c(ﬂ%‘gﬁ(dx/@éﬂor 25cahbigatesi and ¢here are cases where a
gain vector codebook formsgain vé&ctorcandidates accordingtopredetermined processing steps.In the
later casé$8,(t5i€ hot ngtessang to actudlly secure storingrspace dtheughbany dne ohthieegainavedtor

codebooks, M DecisRAR e PreganteBadiiients 18 3¢ proagt emborpent il he pipiaied

below assuming tha 5ggun vector codebook 541 storing gain vector candidates shown in
provideds Fieféaftér the j-th gain vector candidate of the plural of gain vector candidates stored in
gain vectay 6gdepook 24 ik reRresenterbas wiym). Herg M fepresents tha myth 33alement of M

elements forming a gajin vector candidate. [0057]Error, calculating section 542 calculates the error E(j)
a§cr§rdin§ S F&Igmﬁrgg%ee&h%ﬁ& 6 ﬁgné'fh‘élgai vectot FARINEY 14 o §din Vettof tiing Skétion

153 and the: gainevécforeandidaie readivad 4nom gair vecton codebdak B nand outpuis the eger E())
tosearcl'{iﬁgslelgg%nXSf&{ of when the error E(j) is minimized, and outputs the
index jop, as gain encoded information to multiplexing section 155.
[0060] FIiG.8 is a block diagram showing the main configuration
15 of speech decoding apparatus 200 according to the present
embodiment.
[0061] In FIG.8, speech decoding apparatus 200 Thas
demultiplexing section 201, first layer decoding section 202,
second layer decoding section 203, adder 204, switching section
20 205, time domain transforming section 206 and post filter 207.
[0062] Demultiplexing section 20! demultiplexes the bit stream
transmitted from speech encoding apparatus 100 through a
transmission channel, into the first layer encoded data and second
layer encoded data, and outputs the first layer encoded data and
25 the second laver encoded data to first layer decoding section 202
and second layer decoding section 203, respectively. However,
there are cases depending on the state of the transmission channel
{e.g. the occurrence of congestion) where part of encoded data
such as the second layer encoded data or encoded data including
30 the first laver encoded data and second layer encoded data, is lost.
Then, demultiplexing section 201 decides whether only the first
layer encoded data is included in the received encoded data or both
the first layer encoded data and second laver encoded data are

inciuded, and outputs “1” as layer information in the former case

|5
LA

and outputs “2” as layer information in the latter case. Further,

when deciding that all encoded data including the first laver



[6] Al-1 5E(j)=I(gv(m)- g(j,m))2(Equation 6) m=-0 [0058]In equation 6, m represents the subband
number, and gv(m) represents a gain vector received from gain vector forming section 153.
[0059]Searching section 543 outputs a control signaj to gain 10 vector codebook 541 until the
minimumeviglu(?dogéhg ae{ré)raE ' rseé:gg/g f{om error cach:Iafth section 542 isélound, searches for the
index jop; of when the ertor E() is minimized, ahd GBS thé' by fob,o%’g ifi Britbddd fifdeheation
to multiplegiagi sectiéd) 155 ¢00607F G Bris ddileclkdiagrdmshowirg thet inain gonsigeradion gl 508
speech d ' paratus a ing.to the;pres bodi {.

[0061]In Cea?lgésqge@eg:h%ﬁ:gogiﬁg% ) p%r%i%gzsghé%d%(ge%t%g% rl?gzzszeti%ﬂ ﬁgl,lﬁ %telgygrn ofeocgg iﬁg
section 202, t8ecBNd Rk} ddcodinig s6ctin s 203! adderdoka switohthg sectivd 0205! thne demain
transforming section; 206 ang pest filker 207 ¢ [AQ62] Remaliplexing sectign 301 demuliipleyes the bit
stream transmitted f)r%m speech encoding apparatus 100 thrgggh a transmission_channel, into the first
layer encoB&d'dtaald seEoitSyEY Endodel Hatd! Hhbiisutpats the fifsY By ermetbriet Haf: ahel
25the secondtlajiemencaded dataltd first layer decoding section 202 and second layer decoding
section 2p3respectively. However, there are cases depending an the state of the transmission
channel ég? ?h3 occu%r}érn%evc\)ﬁfac%%ées |8r?)0v9h}é}r§ part of éﬂélod%%) daté)seurcﬁoéﬂﬁe sge%SF@ fdyer
encoded Blagcsrsericogleddamadncilidingf30 she firsy kyereencodbddathaind secord tayér efiooed
datag is 1gst. : tinlexi |0 1 decide only.the first e ta js
inct}i@ded(i%‘rp;étIr.sge'arqemaclef?\?e%l:J éfr%o:jg (—?(? fffaﬂo? b’%%h’ thgeﬁf{i;irs?)l\glIaeﬁ :Qaigco%%% :I%tg %%%Xs%co?}%og@grg g ngclé)ded
data are feERAEE Grid dBHLRS 1SR 94yér i‘rﬁ@r?ﬁaﬁ@nqg thefofMér a8t SSard Suthats £ He layer
informati@npis the latter case.Further, when deciding that all encoded data including the first layer 15
encoded second layer encoded data is.lost, demultiplexi ection 201 performs |
predeterrﬁﬁ@gﬁmpegnes%l%hd%rg%gfsﬁngdt%cg%if Pate %%c?itréfgjl’éye?r: %scdﬁlﬁafd%‘iéna?ndds%&%& fger
encoded plate; osifputg the Sirstgaydrensedechdatd and secomd dayed entoded 5 datavtodirstidaysr

Sepsinacerion 0 A1 ees0 o S e O Rl YU 7 e

error transform coefficients to adder 204.
[0065] Adder 204 adds the first laver decoded transform
coefficients received from first tayer decoding section 202 and the
first layer error transform coefficients received from second laver

20 decoding sectien 203, and outputs the resulting second laver
decoded transform coefficients to switching section 205.
[0066} Switching section 205 outputs the first layer decoded
transform coefficients as a decoded transform coefficients to time

domain transforming section 206 when laver information received

b
N

from demultiplexing section 201 shows “1,” and outputs the second
layer decoded transform coefficients as decoded transform
coefficients to time domain transforming section 206 when layer
information shows “2.7

[0067] Time domain transforming section 206 transforms the
30 decoded transform coefficients received from switching section
205, into a time domain signal, and outputs the resulting decoded
signal to post filter 207.

[0068] Post filter 207 performs post filtering processing such as

formant emphasis, pitch emphasis and spectral tilt adjustment,

(%]
(¥4

with respect to the decoded signal received from time domain
transforming section 206, and outputs the result as decoded

speech.



processing using the first layer encoded data received from 10 demultiplexing section 201, and
outputs the resulting first layer decoded transform coefficients to adder 204 and switching section 205.
[0064]Second layer decoding section 203 performs glgcoding processing using the second layer

encoded receiv om 15demultiplexing section 201, and outputs the resulting. first Jayer error
transform cozél‘gc?entﬁoga dér fO?P[%&S?Afc? F OB $B4SHE %rgﬁgyﬁp 3e%§déaat?éﬂ§1‘o]rﬁ1s tde
coefficients veceivdd from first kngerdesedingseclidz202 and the first layer error transform

coefficients geqpived from seqondylayer 20deceding %qiiond%(fg and outp [q esulting second
layer de?oded trlmsform_coeff%?&fs. to switc?}?(lgr)]g segtion 205 [0066 S%vitcﬁ%n%g sg)c%iorl]ji 26(;% oiqtgﬁts the
first layedetdded Breiistcten coefficierts d7d decolidd transforiP oetfitibhbste me démaigain

transformieg seetib ABwhan layer infosmationyeceived 256rong demultinlexing seclion2Q1 shows
"1." and ou;guts the second layer decodedtransform coefficients as decoded transform coefficients to
time donfafr'FdAdtbiind §ddfidh 266 when layer information shows "2.- [0067]Time domain
transfornjifig 3dction Z0érransiorexthegi30decadecdhtransfornt geetiicients saceaivedremeswitching
section 205, into.a }]im,e domain signal, g\gqaourt%uctg IIQ% res Itin d%ceodedl ﬂ%nlal ta Bgst filter 207.

[0068]Post ﬁlter 07 peFforms post filtering processing suc fasTormant %mp a§i§,lp|&hseerﬁﬁﬁ8§s and

spectral #i0ddjurtrhent BBewith ¢eshedt to e deeadded signdl gsdeived from tithe Wbnaimatansforming
seglion 206 gand uAMs theyreswhag decededispegChin® rmation and gain encoded
information to shape vector codebook 232 and gain vector
codebook 233, respectively.
[0072] Shape vector codebook 232 has shape vector candidates
identical to a plural of shape vector candidates provided in shape
15 wvector c¢odebook 521 in FIG.4, and outputs the shape vector
candidate shown by the shape encoded information received from
demultiplexing section 231, to first layer error transform
coefficient generating section 234,
[0073] Gain vector codebook 233 has gain vector candidates
20 identical to a plural of gain vector candidates provided in gain
vector codebook 541 in FIG.7, and outputs the gain vector
candidate shown by the gain encoded information received from
demultiplexing section 231, to first laver error transform

coefficient generating section 234,

o
h

[0074] First layer error transform coefficient generating section
234 multiplies the shape vector candidate received from shape
vector codebook 232 by the gain vector candidate received from
gain vector codebook 233 to generate the first layer error
transform coefficients, and output the first layer error transform
30 coefficients to adder 204. To be more specific, the m-th element
of the M elements forming the gain vector candidate received from
gain vector codebook 233, that is, the target gain of the m-th
subband transform coefficients, ts multiplied upon the m-th shape

vector candidate sequentially received from shape vector codebook

[F5]
n

232. Here, as described above, M represents the total number of

subbands.

[0075] In this way, the present embodiment employvs a



[0069]FIG.9 is a block diagram showing the configuration inside second layer decoding section 203.
[0070]In FIG.9, second layer decoding section 203 has demultiplexing section 231, shape vector
codebook 232. gain 5vector codebook 233, and firstjtayer error transform coefficient generating
e iR RIS ZH L feT Rl e d e Pend Pugh anpfec e
received from demultiplexing section nto shape encoded informatidh and~gain ehdaded’ €
informatiohe 10fandtoutits the Shiape ehtaded information Bfid daimtencoddinfobmatipnas shape
vector codghaok 232 and gainyeelar cadpbeaki2B3, JASREcHYGIv DQERIFNaRENEFYl £pdehqak 232

has shape vector candidates identical to a plural of shape vector candidates provided in'shape 15
vector cddtidodka2 f th FIG 42 588 buthttd thésKape $6ddr canrdmihte! SidwTbynhB $fgpe ébicoded
infosmationsregeiethirerns demelipiexing segtan 23 tol fiesh layenherardeanstorancosficient 1o r
generatirell%%ecgonCZ?aéli.JOOY Gai? vegtotr codebook 233 has gain vector c%ndidates 20 identical to a
plural of Jain ve&S Sartifiatesprofited in §Aivettdr &tibb8dK BaLMEIE 7 &hd outpiits the Hain
vector candidate, shownpyrthe gaint rcodéckinfermiationareceived froim derhultiplexing seeotibima31. to
first layeg gprog transform. gogfficient gene agnq 5e tgop 234..25[0 74]First layer efror transform
coefficient generatirﬁ%gsectiongzm multipll{as the.stgape vector i{an%f]gia?e Pe%:gvseléﬁr%%wng::?ogs\}esctor
codebook&8bythe §&ithvecior cehbidafcREdléd frofrPgdinald@bn eoddbbokt 288 ¢ gengmatd the
firstdayeqenraiptranstorm geefficiantse and pytput the fiishlavar exrputranpsiorm 3q eeeffigignts fp.adder
204. To be more spe%ﬁc, the m-th element of the M elements forming the gain vector candidate
received TPt b VEREP Eobi2BAdE23E ShaFis IetArdhe Jain ibf the At fPdubBarihtaRgtortha ¢
coefficientscis dreitiplied tpop dhegaith shapeweetan candidaichsequeniially tecevediromsshape
vector cqdebgok 35232.Here, as described gg)gve[,i M, represents rghie teotacl g%mber ngutbbands.
[0075]In this way, t preseﬁt embodiment empﬁ)ys a'17 conﬂguraﬁon 5t encoding thie gﬁé’c?rgl'shape
of a targétwsigia [i.et lilse frstdayee enror transiorm xefficientd withethe gresentiembatindent)tarra per
supband;hasis {shope,\ecternencodind). Joen £alcHaling a Rrgghaain {iesidegl gé'@h@% Fimizes
the distortion between the target signal and an encoded shape vector and encoding the target gain
(target g&ik EhRodig). BY IR Sl EBmphibd toith SBRERTE liRE & LoRvéntidhap &t fof eldating the
energy conppBertf evtargetsionah on @ pep suallard basis ([Qpingrsealedastor enegdindii on
normalizinlg; th%tar%et signal . ) )
ermcoding cannot use the target gain as the target for encoding gain
information, the present embodiment makes it possible to use the
20  target gain as the target for encoding gain information and can
further minimize coding distortion.
[0076] Further, the present embodiment employs a configuration
of forming and encoding one gain vector using target gains of a

piurality of adjacent subbands. Energy information between

[
h

adjacent subbands of a target signal is similar, and the similarity
of target gains between adjacent subbands is high likewise.
Therefore, ununiformed density distribution of gain vectors is
produced in vector space. By arranging gain vector candidates
included in the gain codebook to be adapted to this ununiformed
30 density distribution, it is possible to reduce coding distortion of
the target gain.
[06077] In this way, according to the present embodiment, it is
possible to reduce coding distortion of the target signal and,
consequently, improve sound quality of decoded speech. Further.
35 the present embodiment can accurately encode spectral shapes for
spectra of signals with strong tonality such as vowels of speech

and music signals.



10 using the encoded energy component and then encoding the spectral shape (shape vector
encoding). the present invention that encodes the target gain for minimizing the distortion with respect
to a target signal, can essentially minimize coding digfortion. Further, the target gain is a parameter

that can Iculated after 15 the.shape vector is encoded as shown in equation 5. and, therefore,
e e S, e B B B e R R S8
subsequentttbrgdihddfomationi ercodng caanenusé ¢he tatdet gainbasathd taygenfor edcattirmgpgain

nformatio g reseph ey bediyienmakes L pasSIa auuec e 20fet g a3 e targe! o

encoding gain information and can further minimize coding distortion. [0076]Fur e present

embodimiéit EhisIdys 8 coRfigLiafién Bf Foymingand EreBHiiE he Jaif veBBPaEdig Bifdét goir of a

plurality @fl@d&@?% subbandgknergy intprmatipnbetveenwpadiacent sehkands af g Jargstsignal is
similar, and t esimilariéy of target gains, between ad]
t

jacent supbands is high likewise. Therefore,
ununiforrh®8 ddhsfty ot ri‘l’)ﬁi%ﬂlafl din VeS8 iE P gagcéﬂnih&e@’or%’ﬁﬁc@.%ﬁﬁ?%}@iné’ gaﬁrl? Vector

candidates igaludeganithe gaihueadehqokttivibe adapied toghisnununifarmed 36 adengity distribation, it
is possible 10 redu;:gsccﬁ)irég Cdiséor}tlion cPif Sﬁlg rt@lr%et %iﬂf‘ 0077]In thtis tWoa)(h%c%o}{cciiQ% Eodthehpresent

embodimnér%tr,l}tﬂllslﬁossi eto re ﬁcéo’codlng distortion of thé tal gtcsignal and, consequenﬁy,an%%rove

sound quaﬁwt@frdecodé‘msp%égm Forther, 35tt_hei preseptsembbeiméent care aémelyeemodé ’gectral
shapes farrspecra of Signals yythesirega fopghiy sUah a8 ¥ewels of speschiand MmusiG signalsi v

18 [0078]Further, with a conventional art, the spectral amplitude is controlled by using two paraimeters,
the subb&Ad §AnEhBSHAPS VedldE Thid dhiBe'dolétitied that the spectral amplitude is represented

separatelylmy7twp parmneatges; the stbbanchgain andshape vederBy congast with thisi viththe
present embodiment, tr%)sﬁ%ectral amplitude is controlled qQnly by gne parameter of the target .
a

gain.FurtRéF,stﬁig‘&a?dgt B &R 584 Sginetﬁgtlﬂﬁ) imiZed tHe cbling dfstoRfdh Wit et d tdthe

encodeddhapéed into a plurality of subbands by subband forming section
15 151 and encoding is performed on a per subband basis, the present
invention i1s not limited to this. By performing shape vector
encoding temporally prior to gain vector encoding, a plurality of
subbands may be encoded collectively, so that, similar to the
present embodiment. it ts possible to provide an advantage of more
20  accurately encoding the spectral shapes of signals of strong
tonality such as vowels. For example, a configuration may be
possible where shape vector encoding ts performed first, then the
shape vector 1s divided 1into subbands and target gains are
calculated on a per subband basis to form a gain vector and the

25 gain vector is encoded.
[0080] Further, although a case has been explained with the
present embodiment as an example where second layer encoding
section 105 has multiplexing section 155 (see FIG.2), the present
invention is not limited to this, and shape vector encoding section
30 152 and gain vector encoding section 1534 may output shape
encoded information and gain encoded information directly to
multipiexing section 106 of speech encoding apparatus 100 (sce
FIG.1}. By contrast with this, second layer decoding section 203
may not include demultiplexing section 231 (see FIG.9), and
35 demultiplexing section 201 of speech decoding apparatus 200 (sece
FIG.8) may demultiplex and output shape encoded information and

gain encoded information using a bit stream, directly to shape



vector.Consequently, it is possible to perform encoding 10efficiently compared to a conventional art
and realize high quality sound even when the bit rate is low. [0079]Further, although a case has been
explained with the present embodiment as an example where the frequency domain is divided into a

plurality of supbpndls by suihandiforming seetign 1o163 and encoding s Reyformed on  per subband
basis, the present invention is not limite t&ﬁns.By per?ormlng shape vector encodPng tempor%nlly prior
to gain vé&tBsdncodihy, rd plFality dfsublgdnds nrg/sse dnasdduecotiectivelyaso eivht, winitar th the

present gmbadiment.ihis pessiblertp provide,an advantage of moresQaccuraiely encading the
spectral shapes of signals of strong tonality such as vowels.For example, a configuration may be
possible Gkt SALPRY/e®f EHEBing & peAbiméa st Heh tid 8RapéE VEE®tas tvidetiantel 1)

subbands and tarpe gains qieacaleulated: ar apperssubbardkasis infouma gainMeetod and the 25gain

vector is en%oded. LOOBOAFurther,.aIthou h a case has been explaipgd, with the embodiment as
an C S-C

a resen
an example whet€ 3&céid faeylearteir?c%dﬁ'u ISektidh Ids RaShifitblexing sB&idn EL% C(gié‘ HG!2)the
present invertforcis ot limitedito this,rand shape vedtogencodifig Becticm30 452 andogainvector
encodin ' 5 i n d.inf ] n in_encoded information directly to
multiple%nﬁg% %Ie%t‘igg% iol%a o?%%{éegéﬁ%%%% |ng?:pgp r%‘ﬁ)gg O{qu(gzgagF%é}.{] E)‘? ’Btyagogntsrgsﬁ%v%ﬁlfﬁis{?gecond
layer decdBilpddttion 203 fay'hvt &tlude dérauRipleaiyiseelibn 281nses FIG.9) apdr3sm .
depultiplexing section 201 of speech decoding apparatus 200 (see FIG.8) may demultiplex and output
shape encoded information and,gain en¢oded information using a bit stream, directly to shape

ccor(i)= Z w(k)-e(m,k)-c(i,k) ... (Equation 7)

=0
[0082] In eqguation 7, w(k) representis a weight related to the
characteristics of human perception and increases when a
frequency has a higher importance in perceptual characteristics.

15 0083} Further, similarly, auto-correlation calculating section
523 may calculate the auto-correlation acor(i) according to
following equation § to increase the contribution of a perceptually
important spectrum by applyinga great weight to the perceptually
important spectrum.

20 [8]

Fmelt=F{mi-]
acor(i) = z w(k)-c(i,ky> ...(Equation 8)

k=0
fO084] Further, similarly, error calculating section 542 may
calculate the error E(j) according to following equation 9 to
increase the contribution of a perceptually important spectrum by
25 applying a great weight to the perceptually important spectrum.

[9]

M -1
E(j):Zﬂw(m)-(gV(m)—g(j,m))z ... {Egquation 9)
[0085] As weights in equation 7, equation & and equation 9, for
example, weights may be found and used by utilizing human
30 perceptual loudness characteristics or perceptual masking
threshold calculated based on an input signal or a decoded signal
of a lower layer (i.e. first layer decoded signal).

[0086] Further., although a case has been explained with the



19 vector codebook 232 and gain vector codebook 233, respectively. [0081] Further, although a case
has been explained with the present embodiment as an example where cross-correlation calculating
section 522 calculates the cross-correlation ccor(i) agcording to equation 2, the present invention is not

imited tobis.ant RS SNTIAURY calculafing seglign 524 nay calaulate the Closs-couelation ceor()
according to ?Qllowmg eqguation 7 to increase the contribution of a percer%uaIIy important specflrgm by
applying $egrelt WeightZo tha percBptuatly impbitant Bpecabami 1977 hacorkd=wik)e(nd,RBc(i, Kh e

(Equation, ¥} k=@ {00§2]in.eauyatipn 4,sw(k) papresemts:a M\/elg{‘g relajedto t.i‘gan@graggq{léﬁcsogh e
humanperceptionandincreaseswhena frequency has a higher importance in perceptual characteristics.
15 [0083f EGRRER Blififdiy O dutoOfrEldfidr Bafeultiysdctiorr3as ks edlculaterthe it cofr@lation
acot{i) aecptrdingda fallowingleguatian 8de inereasiothe CoRrtfibLiipn0fa pereptyal irapariantd
spectrum_ by ap%l inga great weight to th&e herce tually important spectrum. 20[8] acoréi). )
w(k)-c(i,KJ2 S tEquati n%ﬁ KTO08RERNeT, SIniA) Cerfdt Akt d8ctioR B4 &y E&ikRiHE The
error E(j)zaneofdingnie follbwingpeéqudtiore @ tonncrdasenthe centdbuticndofvaipéreeptuaty inddrtiant

spectrum, by 3%89')@9&?@83‘6‘%’?@5‘? 19 itgeg pggcce[qtggll)sig@prtant spectrum. [9] M-1 E(j)=
s 99 R et 2)

10 The speech encoding apparatus and speech decoding
apparatus according to Embodiment 2 of the present invention
employ the same configuration and performs the same operation as
speech encoding apparatus 100 and speech decoding apparatus 200
described in Embodiment 1. and Embodiment 2 differs from

I5 Embodiment | only in the shape vector codebook.

[0088] To explain the shape vector codebook according to the
present embodiment, FIG.10 illustrates the spectrum of the
Japanese vowel “0” as an example of a vowel.

[0089] In FIG.10, the horizontal axis is the frequency and the

20  wvertical axis is logarithmic energy of the spectrum. As shown in
FIG.16G, 1n the spectrum of a vowel, multiple peak shapes are
observed, showing strong tonality. Further. Fx is the frequency

at which one of multiple peak shapes is placed.

[06090] FIG.11 illustrates a plural of shape vector candidates

3
n

included in the shape vector codebook according to the present
embodiment.

[0609]1] In FIG.11, among shape vector candidates. (a) illustrates
a sample (that is, a pulse) having an amplitude value “+1” or “-1"7
and (b) illustrates a sample having an amplitude value “0.7 A
30 plurality of shape vector candidates shown in FIG.11 include a
plurality of pulses placed at arbitrary frequencies. Consequently,
by searching for shape vector candidates shown in FIG.11, it is
possible to more accurately encode a spectrum of strong tonality

shown in F1G.10. To be more specific, a shape vector candidate is

()
L

searched for and determined with respect to a signal of strong
tonality shown in FIG.10 such that the amplitude value

corresponding to the frequency at which a peak shape is placed. for



[0085]As weights in equation 7. equation 8 and equation 9, for example, weights may be found and
used by utilizing human 30 perceptual loudness characteristics or perceptual masking threshold
calculated based on an input signal or a decoded signal of a lower layer (i.e. first layer decoded

signal). [QQ86]Further, although.a case has, been explained with the resent embodi s.an
example%vqhaeglé H?skg‘pé@gc%cﬁ%rllééaiﬁa svea(l:{i%ﬁ i&ﬁi%a% gl?tg-lc%oir(r)é}a |02f$1 c}élcsj-lé’t?ﬁél sie%t'%i%z f}the
presentinrveptignishotlinditedtothis hindwitenttee sample (a) shown in FIG.11) and the
auto-congliainaeRiLcepipareripickiptedareqiiingla > dtalan 3 phife pilo-gouglatat 4 pe
coefficients acor( calculated according to equation 8 become constants, the auto correlation acor (i)
may be cafcdis®sin dbvaricé arid Gséd Withsut(Srovidivghabtdeokréftibn talculating section 523.

[0087](Embodimpnt 2viQkhexspeseh ercading apparatusang spegehydereding apparatus acqerding
to Embodiment 2 oﬁﬁhg present inventi§n employ the same configuration and performs the same
operationt 88'dpLERN éncBaiYy apphratdd P50 anddfdech BEQHNEapfaratid 260 des&ritéd i
Embodiment b.tand Embodiment 2udiffets froor ibEnbediment henly inethewshape vegiar godebaok.

[0088]To ain the pe vector codehook according to the present embodiment, FIG. 10 illustrates
the spect}%ﬁhofqté%nggiﬁes{éovoveeq ;905_1%?5 gl}l .'éex'angpﬂg bfa \Vé)ﬁélgf 08%]In AIG. ig,etﬁérﬁlorﬁqunstal
axis is thé fregderity andHee2o vertiealtaxis is doyarithatie ebiergy of the Spectrumh WersthovgrinoFIG.

10; i thepspegtium of & vewek; myltiple peak shapes are ohgegvedy, showing, strong,tonality. Ryrther.

Fx is the frequency at which one of multiple peak shapes is placed. [0090]FIG. 11 illustrates a plural of

shape veRfdr BhldidaidL Ssindiel iR 15 Shape NElsr cbBEbGSIE aBobRdifyit theTheesent the
embodimeat: 099iilad16p d & amang shapevactoricangidatesd () WustrateB v this means,

the quantization step in the following shape vector encoding
section needs to be made coarse and, therefore, quantization
15 distortion increases. Due to the influence of this quantization
distortion, the peak shape of a spectrum attenuates (i.e. loss of the
true peak shape), and the spectrum which does not form a peak
shape is amplified and appears like the peak shape (i.e. appearance
of a false peak shape). In this way, the frequency position of the
20 peak shape changes. causing sound quality deterioration in a vowel
portion of a speech signal with a strong peak and a music signal.
[0093] By contrast with this, the present embodiment emplioys a
configuration of determining a shape vector first, then calculating
a target gain and quantizing this target gain. When some
25 elements of vectors include a shape vector represented by a pulse
of +1 or -1 as in the present embodiment. determining the shape
vector first means determining first the frequency position in
which this pulse rises. The frequency position in which a puise
rises can be determined without the influence of gain gquantization,
30  and, consequently, the phenomenon where the true peak shape is
lost or a false peak shape appears does not occur, so that it is
possible to prevent the above-described problem with the
conventional art.
[0094] In this way, the present embodiment employs a
35 configuration of determining the shape vector first to perform
shape vector encoding using the shape vector codebook formed

with the shape vector including a pulse, so that it is possible to



a sample (that is, a pulse) having an amplitude value -+1" or --I- and (b) illustrates a sample having an
amplitude value "0.-A 30plurality of shape vector candidates shown in FI0.11 include a plurality of
pulses placed at arbitrary frequencies. Consequently by searching for shape vector candidates shown

in FIG. 11, it.is: ibl e.accur co cir f str nali in FIG.10. To
be more ]éEeEc%%%%zsé gptgr\g;%%oerqégﬁd? afgé? S?S(Etgraﬁréfgg] ovrq;lr%d %e(tggrgfnéi?n]e% ﬁ//?t rl?evé,‘[ﬁro}n&\glct quaslgignal
of strong 2oRalityshewrifE [0 L0sacHtRatheampituteialiescanespondingshetflegteney avwtsich a

peak shapgds ﬁ'%‘%?zg} sfoﬁ 2Li@nple. § %’i‘}pal'%qe @l ip thgrp&pﬂtﬂgn 4 EX shownin ElG- 4
assumes "+1" or."- 1" (i.e. the sample (a) shown in FIG. 11) and the amplitude value of the frequency
other thaii B 5éKé SRZFE s3iheB " (FeStriensamplé (By'shbvihUia BIG 11). 5[0092]with a
conventigrid ars of performingl gair emceding temporally prior to shape vector encoding, a subband
gain is quantized, a ipe%trucrln IS nortmalized sirgﬁ the subbandt gain and then the fllt?a? comprﬁ)nent (i.e.
shape vector) of the s;%ct?urhq}seenncoﬁed. hen (:ffuauz?tllﬂzea‘qti%fti‘1 distdHio e thd Slﬂ) id Ejai 1om
becomessigrificdntyyrhaking tise bit vaia lpwer; thegrormakizatien effect becomestittle and they

dynamic tangg;, of %&Wafﬂz%dfsgegg%@ &ﬁmppgggﬁ%e&?@;i ey gyot*ﬂ%\m?ﬁ@&st@?e cted

guantization step in‘the following shape vector encoding section needs to be made coarse and,
therefore §lightization 15 distortion increases. Due to the influence of this quantization distortion, the

peakjshape oba spectrym atienuales( e olass of the frueangak shaps) andothessregtnigwhich, does
not form apeé)aa slka[ge is amplified. and appears like the peak shape (i.e. appearance of a false peak
n-thi

shape).| ay"the FrEGUEALY pBSifdhloPthe SBpRAR Shape EhandBse cauliht! Sotirfit i S
deterioratignein aivowet parting oh @ ppeaatusignal dvith acstrohgraeakand @ fwsicsignal. {0033 BY

contrast withthis, the present.embodiment employs, a configuration of determinin hape,vector first,
then calcvlggl:ﬁfgksg taflg%?eggh%agﬁ %ql%ﬁﬂ?llngst ieseél?éefj aé:ir% hen s%%?eafgetl‘érsn(g}l?)éﬁof (ggét\orsl b
include a shape devtor represedtetibiea pase of+t pr Seastimthe piesennerhbadiment, determining
theshape yecior fitst Biepns determining first the frequency Rositign in whichythis pHIse,ises: ithe
frequency position in which a pulse rises can be determined without the influence of gain quantization,
30 and, dhsebtgntyPihe Phendmendh Iherd Fieafid peak 8R&SS BUBS ort 4 falkk hedk! Skt

appears do@soRd PeC,1Sosthab it ispessibleda pravent the akove-deseariped praklesuwith ihe be
conventiog%ll?{tt.é(aq94]ln this way, the present embodiment employs a
[0097] FIG.12 is a block diagram showing the configuration
20 inside second layer encoding section 305 according to the present
embodiment. Further, second layer encoding section 305 employs
the same basic configuration as second laver encoding section 105
described in Embodiment 1 (see FIG.1), and the same components
will be assigned the same reference numerals and explanation
25 thereof will be omitted.
[0098] Second layer encoding section 305 differs from second
layer encoding section 105 according to Embodiment 1 in further
including range selecting section 351. Further, shape vector
encoding section 352 of second layer encoding section 305 differs
30 from shape vector encoding section 1532 of second laver encoding
section 105 in part of processing, and different reference numerals
will be assigned to show this difference.
[0099] Range selecting section 351 forms a plurality of ranges
using an arbitrary number of adjacent subbands from M subband
355 transform coefficients received from subband forming section 131,
and calculates tonality in each range. Range selecting section

351 selects the range of the strongest tonality, and outputs range



35configuration of determining the shape vector first to perform shape vector encoding using the
shape vector codebook formed with the shape vector including a pulse, so that it is possible to 22
specify the frequency the spectrum having a strong Jeak and raise a pulse at this frequency. By this
means, if j5qs3ibls o,engpde e signals hayingthe sperta.of strong (enaliiy.sugh.asvowels, of
speech signals and music signals in high quality. [0095](Embodiment 3) Embodiment 3 of the
present ihventicidiffetd o Enfbobirherit 1619 déleeting rhhg@ (i.25region)lok stldAg torddlimgid the
spectrum of & spaegh signal @nd;encoding oy the selected range. 40100961 The speegh; encagling
apparatus according ta Embodiment 3 of the present invention employs the same configuration as
speech éntBdb Soparantse180 'adédiiing to Embodiment 1 (see FIG.1), and differs from speech
encdding appaddtus $Uhendy ndoucliding seeahichlayearsancoding séctiod 30% instead af setonpl €5
layer en(%]odiC srecetigg élg?hThereegq[red ItlheloDm;ra;j{lcc(%n;(i]guratiorg of @e %pegrlsh %qlctodfngﬁaqurlatus
according to the present emBodiment s not shown, an dé‘tgileo?exp Anation thereof will b&’omitted.
[0097]FIG¢ 12ds nlgockudihgrah showind therconfiguirbition20inside séochalayer encgding sestion
305 accrdigg 1g,the presentempodimept; Eygher secand; layer epcodind section, 305e/pRIous,the

same basic configuration as second layer encoding section 105 described in Embodiment | (se€ FIG.
1), and thé SahfFicompdneritd WifbetdssigAdithe SRR idfdldRde nidtetalssthd BxpnatibA ¢

25thereod wik beienaitted c[0QP8]Second Jayer sreadinen$eCHOR 305 differscirom sacend layean ercoding

section 105 %c’:]cording to Embo%liment iL in further in Iudingg range selecting sec ﬁ]n 351.Further, shape
vector entolthg $edion 358 of décond BFeF @o‘ﬁﬁi&as% iorf 385 Hifdhs 3¢ fromSSHapESve &b
encodingisactidre §52 obdecond layet kencedifigwsettiomel @onn pastdofhpreeessing, and different

referenc rals will be assigned.to show this differen [g 99]Range selecting section 351 forms
a pIuraIit?/@o?lra;?n ‘esvlflsilneg‘ a}r’? ar%itra?y 1ﬁur%\l;ger]f)% a&jgcesn%?sﬁ gérrlids ogrﬁ(f\fgtsjégéfnd] Stransform
coefficierits Ireeéivied fra iSubbahd forming section 151,

15 [0102} In FIG.13, the horizontal axis is the frequency and the
vertical axis is logarithmic energy. Further, FIG.13 illustrates a
case where the total number of subbands M is “8,” range 0 1s
formed using the 0-th subband to the third subband., range 1 is
formed using the second subband to the fifth subband and range 2

20 is formed using the fourth subband to the seventh subband. As an
indicator to evaluate tonality in a predetermined range, range
selecting section 351 calculates a spectral flatness measure (SFM)
represented using the ratio of the geometric average and arithmetic

average of a plurality of subband transform coefficients included

[G]
tn

in a predetermined range. The SFM assumes a value between “07
and “1” and the value closer to “0” shows strong tonality.
Consequently, the SFM 1is calculated in each range and the range
having the closest SFM to “0” is selected.

[0103] The speech decoding apparatus according to the present
30 embodiment employs the same configuration as speech decoding
apparatus 200 according to Embodiment 1 (see FIG.8), and differs
from speech decoding apparatus 200 only in including second laver
decoding section 403 instead of second layer decoding section 203.

Therefore, the overall configuration of the speech decoding

[}
L

apparatus according to the present embodiment will not be
illustrated, and detailed explanation thereof will be omitted.

[0104] FIG.14 is a block diagram showing the configuration



and calculates tonality in each range.Range selecting section 351 selects the range of the strongest
tonality, and outputs range 23 information showing the selected range, to multiplexing section 155 and
shape vector encoding section 352.Further, range sgdecting processing in range selecting section

so1wil beeplaineddn fefaf gter. sI0IB03 SRS q1on engpeing seclipn 32 diffars fiom shape
vector encoding section 152 atcording to Embodiment 1 only in selecting subband tran8form
coefficietdipelddadeatangel fior stibbasd Rarbfbar eoedficiants P eivad from $0Bham Pdening

section 1l hagerop sange infarmation reeaived from range | 1q, selecting $estion 3215 8792 0 3
performing shape vectaor quantization with respect to the selected subband transform coefficients, and

detailed &5p1&AARGHFthéfeof PRI MiREd hére. FIABLIFIE. 13RS r&t8dt Bigesdbiactitd Brokessing

in rahge seleciing dectien 8ok 150102 EtGn lidntheaharizandakaxs isrthe fraguencyang thevertical
axis is Iogarit(tlmi{:t%ﬁrgy. Further. FIG. 13 illustrates a case where the total number of subbands M is
"8," range i& forme using the O-th subband to the third subband. range 1 is formed using the second
subbandt tHe5fifth sudbanddndrange 220 isdornmed usihg the fourth slibbaind i therseventh r

subband, ASAIVINAILAIYNIR YAlLE oAl Jp i icrletelineg fange yrange selecling seplion 251
calculates a spectral flatness measure (SF M) represented using the ratio of the geometric average
and arithfhietie average st d pRirdifSofisuifisand hamsferpeydtidd sts indudsds 5ol aZptddétdinined

range. The:SkM assumes agselye hetweem Oc aRd f1c add the value £laser tQ cQ't shows strongs
tonality. Consque tly. the SFM is calculated in each r@nge,and the rarégfremhaving the closest SFM to
1

-0" is selééted Tiid speeth HEREding Spparatus Gicotlind fb thebredeint $6&mbbEimét 4
employs dhd Bamenconfigkation as speeshededading apparatis 266 agearding to Emthedimantik (see
FIG.81, aigwdfggﬁ_eg%g m speech decoding apparatus 200 only in including second layer decoding
section 403’ instead of second layer decoding section 203. Therefore, the overall configuration of the
speech dekddlifg 35dpparatlisl adeording todlie preseht émdodifment Willmot e itusirtited s ana g

defajled explapgtionthereef vl bryqrmitted. [QQ4)GIE: A4 is@ hlogkdiagram shayibg g and

Conflguraglg?putting range 1information in addition to shape encoded
information and gain encoded information, to first layer error
transform coefficient generating section 434, and detailed
explanation thereof will be omitted.

20 [0107] First layer error transform coefficient generating section
434 multiplies the shape vector candidate received from shape
vector codebook 232, with the gain vector candidate received from
gain vector codebook 233 to generate the first layer error
transform coefficients, arranges this first layer error transform

25 coefficients in the subband included in the range shown by range
information and outputs the result to adder 204,

[0108] In this way. according to the present embodiment, the
speech encoding apparatus selects the range of the strongest
tonality and encodes the shape vector temporally prior'to the gain

30 of each subband in the selected range. By this means, the
spectral shapes of signals with strong tonality such as vowels of
speech or music signals are encoded more accurately and encoding
is performed only in the selected range, so that it is possibie to
reduce the coding bit rate.

35 [0109}] Further, although a case has been explained with the
present embodiment as an example where an SFM is calculated as

an indicator to evaluate tonality in each predetermined range. the



24 inside second layer decoding section 403 according to the present embodiment. Further, second
layer decoding section 403 employs the same basic configuration as second layer decoding section
203 described in Embodiment 1, and the same comp®nents will be 5assigned the same reference
numerals, apd explanatian thereof will be gmitted, LO1Q5IReMultiplexpagedtigndal andirstiayegerror
transfornsrw) coefficient generaltinggllsect_ion 434 of second layer decoding sec%c?rl:}leS’dri‘ﬁ‘grirgsir{w Eé
demultipfeiifg! Seti6A 28104nHMD ik haygsrserforatandfobrs Eoetidieht gehBiting Setion 34i of
second layer gacoding.seetiar 2034n part.of aragessing.cand different gefgrgnce nureerplswillhe
assigned to show thi differenge. [0106]Demultiplexing sectjon_ 431 differs from demultiplexing 15
section 231 HeEridet i BRBSGRBNEIGS HERURiBEking &ld StPuttifg FrfgeRnfffifdmintrition
to shaperencgdednnforrbatianadrd: gaire dncodechiaformation tie:firsttlayenarror fransform cdefficient
generating section 434, and detailed explanation thereof will be omitted 10[0107]FEirst layer erro
transforrrri;:9 goefﬁ&clilesh’t grgneergtlsrig sle?ctiér% 4sp4orr§usj|]ti}f) i&s thg sh%epgol\llggtorté]a%dic?a & rgéle%:\;/{e(?(}:iernoarlr:I
shape vettgngddebook 232nwidh ¢k gairt hector sandidate eeeeiveéd fdm gain Veotbs todebook 233 to
generateyifg fist layergrorgansiorm.coefficients; arranges his first layer eror rapsform 3 ¢

25coefficients in the subband included in the range shown by range information and outputs the result
to adder 204 [OLDBIH thishidyE Yacchrdlfdd to e ptdsent EhiBodimente the §pédch eheddinhgdpParatus
selegts the enge ot thesstEongest waality andiencedes the shape wecterriemporally pHor taathg gain 30
of each subband in thf selected range. By this means, the spectral shapes of signals with strong
tonality SHidH A8 Vollels of speech or music signals are encoded more accurately and encoding is
performeldidhly in the selected range, so that it is possible to reduce the coding bit rate.
35[0109]Further, although a case has been explained with the present embodiment as an example

where an SFM is calculated as an indic&&gk'{o eyalyate tonality in each predetermined range, the
)= 618/% ... {Equation 10

k=FRL j)
0111} 1In this equation, j represents the identifier to specify the

15 range. FRL(j) represents the lowest frequency in range i and
FRH(j) represents the highest frequency in range j. Range
selecting section 351 calculates the energies Er(j) of the ranges in
this way, then specifies the range where the energy of the first
layer error transform coefficients is the highest, and encodes the

20 first layer error transform coefficients included in this range.
[0112] Further, the energy of the first layer error transform
coefficients may be calculated according to following equation 11
by performing weighting taking the characteristics of human

perception into account.

[11]

o]
wh

FRH ()
E.(j)= > w(k)-e(k) ... (Equation 11)

k=FRL{ j)
[0113] In such a case, the weight w(k) is increased greater for a
freguency of higher importance in perceptual characteristics such
that the range including this frequency is likely to be selected. and
30  the weight w(k) is decreased for the frequency of lower importance
such that the range including this frequency is not likely to be
selected. By this means, a perceptually important band is likely

to be selected preferentially. so that it is possible to improve



25 present invention is not limited to this.For example, by taking an advantage of the high association
between the average energy in the predetermined range and the strength of tonality, the average
energy of transform coefficients included in the predetermined range may be calculated as the

ndicator of {Apally eyglyations Bydhisqaspnsy | ispssibie dorgpiceds gampyiplignal pempledy
compared to the case where an SFM is calculated. [0110]To be more spécific, range selectig section
351 calcitetdseBergyER () 6F tHetitstiayet Brrottrahistaing 10BaaHizientd eNREIREMASd irPthd Parge |,

according fq; follevéng aquation:19, 1R E RE £edlk) 2tk (EQHAtRN LQ) k1R LE1[04 4 11y this

equation, j represents the identifier tq specify the 15range. FRL(j) represents the lowest frequency in
range j ahd FRAE) fehPEBEHE thaThigidst redL@Rdy iffanfie § RaAGE Selééfiitpdedibn?3s  Bafdulates
the énergies &R () of thei ranges rethis svay dthensspeedies.the range where the energy of the first layer

error tra rm, coefficients is the highest, and encodes the 20ficst layer error transfqrm coefficients
includedﬁ?h%ﬁangg ltéililf]rFulf%%gﬁ ethseeéil r?ecrglynog the ?Esfﬂé]yé’ rgef‘ronr1 ﬁén(s%fgrr%gc%c{;%ﬁ?gnetg nggy be
calculatesledscotdimgriof@iowing Bauativg 49 by perfgredngaweightireg taking therchaeactehisticszof

human pgreepliop g Aecpunte gALALRHER ERPFrKIEIIQ2 ¢ {EQuATiD 1) k=FRL()
{0115] FIG.15 illustrates a method of selecting in range selecting
10 section 351 arange from ranges arranged at lower frequencies than
a predetermined frequency (i.e. reference frequency).
[0116] FI1G.15 shows the case as an example where eight
selection range candidates are arranged in lower bands than the
predetermined reference frequency Fy. These eight ranges are
15 each formed with a band of a predetermined length starting from
one of F1, F2 ... and F8 as the base point, and range selecting
section 351 selects one range from these eight candidates based on
the above-described selection method. By this means. ranges
positioned at lower frequencies than the predetermined frequency
20 Fy are selected. In this way, advantages of performing encoding
emphastzing the low frequency band (or middle-low frequency
band) are as follows.
{0117] In the harmonic structure which 1s one characteristic of a
speech signal (or is referred to as “harmonics structure”™), that is,
25 in the structure in which the spectrum shows peaks at given
frequency intervals, peaks appear sharply in a low frequency band
compared to a high frequency band. Similar peaks are seen in the
quantization error (i.e. error spectrum or error transform
coefficients) produced in encoding processing, and peaks appear
30 sharply in a low frequency band compared to a high frequency band.
Therefore, when energy of an error spectrum in a low frequency
band i1s lower than in a high frequency band, peaks of an error
spectrum are sharp and, therefore, the error spectrum is likely to
exceed a perceptual masking threshold (a threshold at which
35 people can perceive sound). causing perceptual sound quality
deterioration. That i1s, even when energy of the error spectrum is

fow, the perceptual sensitivity in a low fregquency band is higher



[0113]In such a case, the weight w(k) is increased greater for a frequency of higher importance in
perceptual characteristics such that the range including this frequency is likely to be selected. and 30
the weight w(k) is decreased for the frequency of toger importance such that the range including this

frequencyi.is pot:likely t selec his eans, a perceptually important band is likely to be
selected%hrgf%rér?ﬁah};{, %g%latﬁré qéié{t()'llé togi]am%ardve . 6 sflo%%gllaﬁgl%%y of décoded %BES%FA%%S
weight wii®)¢ Weights inhy dEMBUAY &ind used diilgAing: huerman pércepheal lbugness vhagetefistios or

perceptug), maskingdhresheld calculaed based onr fargxample. andaRyt signglor a.deqqded signal of

a lower Slayer (i.e. first layer decoded signal). [0114]Further, range selecting section 351 may be

configurdd ¥ 8818& % r&fgd irdin Fanbe P& Pari§ed at fowd eidueridies fidhgs predétebminedhe
freqfiencya(i.g e teferebee diequency). [RLLAIRIG.o1b ifustialesa Methariof selgstinannyange selecting
losectiog 351 a range from a‘rdl’ggs arranggd at lower frequencies th\taA}[%a predetermined frequency (i.e.
reference}fr%qaéﬁgy). féﬁ%]{lfl 1 524 fowd fibcads ds B &ampie Where 8iffitsefeifon fang

candidatés aredardarsgedein lower bands than the predgtermined referepce frequency Fy.These eight
ranges 3y 19each fermad with @ bandpLapredelamined deng(h siading. fam ong,eLR! £2 1y, and F8

as the base point, and range selecting section 351 selects one range fromr%ﬁeese\%lght candi
based ort #id &bové-ddserisetcsetstion Miethddt By &hi® inedhs, rantasepdsitiorat at lowey be

frepyencies| tharetheipredeterminad dreauandy By areselested. 1 this yvay, advantages of pgtforming
encoding.emphasizing the low frequency bagd or mflddle-low frequency band) are as follows [0117]In

the harmofit SEFuRE vhith§S Bridféh AP adBR4iR Srla‘shbelf Sl forie réfesrdd b2 Haldnics

structuree)y thatrig, frame from ranges positioned in the vicinities of the range
selected in the previous frame, (2) rearranging the range
candidates for the current frame in the vicinity of the range
15 selected 1n the previous frame to determine the range of the
current frame from the rearranged range candidates, and (3)
transmitting range information once every several frames and
using the range shown by range information transmitted in the past
in the frame in which range information is not transmitted

20 (discontinuous transmission of range information).
{0119] Further, range selecting section 351 may divide a full
band into a plurality of partial bands in advance as shown in
FI1G.16 to select one range from each partial band and concatenates
the ranges selected from each partial band to make this
25 concatenated range the target to be encoded. FIG.16 illustrates a
case where the number of partial bands is two, and partial band 1 is
configured to cover a low frequency band and partial band 2 is
configured to cover a high frequency band. Further, partial band
! and partial band 2 are each formed with a plurality of ranges.
30 Range selecting section 351 selects one range from each of partial
band 1 and partial band 2. For example, as shown in FIG.16,
range 2 is selected in partial band 1 and range 4 is selected in
partial band 2. Hereinafter, information showing the range
selected from partial band 1 is referred to as “first partial band

el

35 range information,” and information showing the range selected
from partial band 2 is referred to as “second partial band range

information.” Next, range selecting section 351 concatenates the



25 in the structure in which the spectrum shows peaks at Given frequency intervals, peaks appear
sharply in a low frequency band compared to a high frequency band. Similar peaks are seen in the
guantizationerror(i.e.errorspectrumorerrortransform ggpefficients) produced in encoding processing, and

peaks a 0 ly jny a equengcy, ba ar igh f ngy band, Therefare,
when en%%gflégg; aszgsr%%}/ ggecitl?l%{{m%l%ﬂv& ﬁqugnﬁc%%n gj %S,Eioo?vgrgthgé%%g h%g%ﬁ)ﬁggﬁgngr f))gﬁd,
peaks offaf éifdr sheatfurd are shargrarf, dsatefors théefror spacirum Bhikelctorexesed ated
perceptual masking dyrgsbold ka threshald at whish 35pgople car Perqeive spynd), causingperceptual
sound quality deterioration.That is, even when energ%y of the error spectrum is’low, the perceptual
sensitivity i a HUPREGUEEES BAncEid hRYHLR Ghattind Piyh fredueREF bARRCorsRaRENY SahBE
selectingsectidri 351 eimploys epcontiowatinn Ofcsetacting adasgde fepiyeandidates arranged at lower
frequenc a termined frequency, so that it is possible to specify the.range which is the 5
target tocft()%(jI é‘?ﬁ?:rlde?jﬁggfﬁ ?Iolv%/ fraeglbﬂgﬁg)%aﬁ& %rfvﬁllchggeoa E%fgth%%eerrorosﬁgﬁﬁ hPare’Shr8p and
improve e scurid: haalinngf decotiedspeédh s[0p18]Further, tdsca method dfesatecting themdnge which
' the Target 19.9¢ Gnaoded hesrande okihe cufient frameymay BB 0 seigtiah i a33agtian yin the
range selected in the past frame. For example, there are methods of (I) determining the range of the
current fiafrie frof §&igesSosiionddiinamie vieinRias of the PAGE sefettéd n thelpisvipls e, (2)
reamanging-thienangencandidates def the eweantframe in the vicipity aftheyange 15 selectediip the
previous frame to determipe the range of the current frame from the rearranged range candidates, and
(3) trans%?t‘ﬁﬁborﬁng%ir{?bﬁiatiorf&%c% ety Sderd] Hafhedand Uit therai§é shdtn By farige

informatiow tramsmitted indh&pasteihethe frame in avhich rAngainéeroiatipa 1s inot thansmittedan d

20(discoptityayiptranyissian of range plerraaton). LISIUher, fange sqlegting segtion 33}, may
divide a full band into a plurality o?partial ands in advance as Shown in FIG 16 t6 Select onne'range
from eachdrdrtial bdrfnghd toREsentid the 2anges sdlectadirgm eaoH partialthand td emakeértigs
copgatenated fgnos ihe targetip pe eAgRdef 1k iG 118 dlustiales a.5asg wherethenumbersof partial

bands is two, and partial band 1 IS configured to cover a low fréequency band and partial band 2 is
configuréd® ToVer & High Troy8nEy baRd FalHER L haid Banth L &5 Pt Bafd 246 Bathtidrmed

with a plyrality of ranges. 3aRange adleetngseciiondhl selegts-one rangy fron each of partiphband 1
and partla(;ag%?glzgg%%xalmgle as shown in FlG.l@. ﬁ\r]gle 2 is selecte IB Egglallqbasrgﬂ 1 and range 4

. electing section

is selectddin g to partia ecting
section S511-N. Then, range information forming section 5i2

20 outputs information showing the concatenated range as range
information. to shape vector encoding section 352 and

multiplexing section 1335,
f01211 FIG.18 illustrates how range information is formed in
range information forming section 512. As shown in FIG.18,
25 range information forming section 512 forms range information by
arranging the first partial band range information (i.e. A1 bit) to
the N-th partial band range information (i.e. AN bit) in order.
Here, the bit length An of each n-th partial band range information
is determined based on the number of candidate ranges included in
30 each partial band n and may assume a different value.
10122] FIG.19 illustrates the operation of first laver error
transform coefficient generating section 434 (see FIG.14)
supporting range selecting section 351 shown in FIG.17. Here, a
case will be explained as an example where the number of partial
35 bands is two. First layer error transform coefficient generating
section 434 multiplies the shape vector candidate received from

shape vector codebook 232 with the gain vector candidate received



partial band 2.Hereinafter, information showing the range selected from partial band 1 is referred to as
"first partial band 35 range information," and information showing the range selected from partial band
2 is referred to as -second partial band range inforngation.” Next, range selecting section 351

concatenalpg e, 7 AROE SEIeG(ad fiympartial band § 2qd theange selected fio, paytiplhapd 2 o

form a concatenated range. This concatenated range becomes the range selected in range selecting
section 351¢ Ahikdkdje HeBIOF @hEBEINESEAtoh 352 paFfoARLSHapd vetip Benebding withtrespect to

this concajenafec range: [0 20116 s aPloek giagram shewing the eerfiguratien of rangec n
selecting section 351 supporting the case where the number of partial bands is N.In FIG. 17, the
subband #&riforAldSeties Fectled #bhhalubBaff formirt b clidht 154 lis BB to%Opa;Eialeband 1
selecting sgatioh Slduhtd pattiad band Weselettin2 wegtian 53 1-NsEadhepafiiak band neselesting section

51I-n (w@t;renn:fl to N)C%caé%ﬁsc?ne range from each partial band n and outputs information showing

the selected rgnﬁé,r?hat IS, the Ah b%lrtial band range information, to range information forming 15
section 5121 Range ihformationg forring sectign 12t actiires the soncatéridied fanetbymines

concatenafipg fhe, anoes shwn,yyeaeh n-h pagtial hand range.ipformalign (wherepn 7, to,N).

received from partial band 1 selecting section 511-1 to partial band N selecting section 511-N.Then,

range infbfrR&tbhtoPmmgsdclion 51220 R iRfofidtitn sh&widg SetoRehtenBtdsahge ds
range infafmation fashapevectarengodingsastion3azandmultiplexing segtion 16p.{@12HE. 18

il”g’s”ate?xﬂ%v}’(ﬁ“eg(?,”!f%’r!@a%‘)é‘si?ifgﬁnée%joi”ir%rbgfoiﬂfeort tlop foring SPtPDIELE Shan i FIG.
compared to the range selecting method of selecting only one
range from the full band. For example, the range selecting
method shown in FIG.16 is effective when, for example, quality
15 improvement in both a low frequency band and high frequency
band needs to be realized at the same time.
f0124] Further, as a variation of the range selecting method
shown in FIG.16, a fixed range may be selected at all times in a
specific partial band as illustrated in FIG.20. With the example
20 shown in FIG.20, range 4 1s selected at all times in partial band 2
and forms part of the concatenated range. Similar to the effect of
the range selecting method shown in FIG.16, the range selecting
method shown in IFF1G.20 can set in advance a band for which sound
guality needs to be improved and, for example, partial band range
25 information of partial band 2 is not required, so that it is possible
to reduce the number of bits for representing range information.
f0125] Further, although FIG.20 shows a case as an example
where a fixed range is selected at all times in a high frequency
band (partial band 2)., the present invention is not limited to this,
30 and the fixed range may be selected at all times in a low frequency
band (i.e. partial band 1) and, further, a fixed range may be
selected at all times in the partial band of the middle frequency
band that 1s not shown in FIG.20.
[0126] Further, as variations of the range selecting methods
35 shown in FIG.16 and FIG.20, the bandwidths of candidate ranges
included in each partial band may be different. FIG.21 illustrates

a case where the bandwidth of the candidate range included in



25range information forming section 512 forms range information by arranging the first partial band
range information (i.e. Al bit) to the N-th partial band range information (i.e. AN bit) in order. Here, the
bit length An of each n-th partial band range information is determined based on the number of

candidatg ranges inglded in30eachparialhand.n And may.asgye @ differen é/a'q%e[g&%@i'é'ﬁw

illustrates the operation of first layer error transformcoefficientgeneratingsection434(seeFIG. 14)

supportiﬁ’gaﬁéii\gé-selecting section 351 shown in FIG. 17.Here, a case will be explained as an example

where thponupibpr of pafiah 39 Rangls is fwo. First layer error transform coefficient generating section

434 multiplies the shape vector candidat? reﬁ:eived from shape vector codebook 232 with the gain
e of

vector candidate re tment € PresgRbm HEMVERSr Socfebdor 335 THES It layer
erradr transformmcokffigient geneeating sectionadd4 armanpebdhe mhdve: shape vectos cantlishtepadter

gain multiplication, i g own by each r information of partial bagrﬁ 1 and partial band
2.The 58?(;%‘]% éo%n%lﬂlr? ﬁus1 \glvagy %I?)%tp%tetléé ase t%%%f%gﬁgyerc{gr?grl}[rcgh@fbrrﬁ Coe |§enc?§%ib§ﬁhe
range seléctibimethod shown in FIG.16 determines one range from each partial band and can

arrange gbleast pne fecoderSRECctLAR £ALYH Papiel Papd Consegyanty, bysatting Ldinadyance a

plurality of bands for which sound, quality needs to be improved. it is possible to improve the quality of
decodedsp8dcht BSmpHied t8 thel Fah§é sEfdttiighRethod of Stectingénly Sl idngestoRMthé ful

bangd. Fog gxamples thegdnge selpginganethodshows dn 5 .nlb iseffegtieowhene for example,

qualty Leimprovementn bofh & lov fiequency, band aqd high fgayency band.nepgly 0,9 fealized at

including second layer encoding section 505 instead of second
layer encoding section 105, Therefore, the overall configuration
of the speech encoding apparatus according to the present
15 invention is not shown, and detailed explanation thereof will be
omitted.
[0129] FI1G.22 is a block diagram showing the configuration
inside second laver encoding section 505. Further, second layer
encoding section 3505 employs the same basic configuration as
20 second layer encoding section 105 shown in FIG.1, and the same
components will be assigned the same reference numerals and
explanation thereof will be omitted.
f0130] Second layer encoding section 505 differs from second
layer encoding section 105 according to Embodiment 1 in further
25 including tonality deciding section 551, switching section 3552,
gain encoding section 553, normalizing section 554, shape vector
encoding section 555 and switching section 556. Further, in
FIG.22, shape vector encoding section 152, gain vector forming
section 133, and gain vector encoding section 154 constitute the
30 encoding sequence (a). and gain encoding section 553, normalizing
section 554 and shape vector encoding section 555 constitute the
encoding sequence {b).
[0131] Tonality deciding section 551 calculates an SFM as an
indicator to evaluate tonality of the first layer error transform
35 coefficients received from subtractor 104, outputs “high” as
tonality decision information to switching section 352 and

switching section 556 when the calculated SFM is smaller than the



[0124]Further, as a variation of the range selecting method shown in FIG. 16, a fixed range may be
selected at all times in a specific partial band as illustrated in FIG.20.With the example 20shown in
F1G.20, range 4 is selected at all times in partial band 2 and forms part of the concatenated
range.Similarsto the effect of the. range selecting od. sho. iQ,EIG. 6, the range selecting method
shown in?FlG.ZOQcaﬁ setin ac]h’va_rlce a bar?%l’%oiar vgﬁl%%g&ﬁnd‘vgﬁality n%séldg(%gl be F prgi_see%ilgr% or
example | BARiaMbahdPrange 26midthation ofparialbahd 2 isnest réquired 5o ghat dtdis ipossibletto
reduce thepumberof bits for (apresantingrrange; inforgation. [Q%ZS]EWthgf,e%lt{pygh %20 ghows a

case as an eﬁtample where a fixed ran?e is selected at all times in a high frequency band (partial band
2), the prR5ERSATEMIOR SnbR B4 td this, 30 and the fixed range may be selected at all times in a

low frequiemtys Dgnd (Wee parial andal)ard; fuitheye agixed sangeiay beiselactad aial) timesia the
partial band.of the mid requency band that is not shown in FIG.20. [0126]Further, as variations of
the rangeu éé%étir?ghr%e%%éz 3%§h5yﬁn in Ellcs.afé) AndFIGY ?fhaétlgar;[ éztﬁl]st of céeﬁtﬁdé’téergﬁﬁés
included im &&cht pantial amd mbiynbetdifferent il 2 1ailubtratesia tase where ke bamdwidils of the

candidatg gangednclveled i 3 pariaipand 2,ge spaies inan candidgle ranges iglyded inparpal
band I. [0127](Embodiment 4) Embodiment 4 of the present invention decides the degree 5 of tonality
on a per fihie baSIE! ak® BétdiinBsthe orfe? bf Shade vebesrisn&dting and duin érrebbirign e d

dependingsam thedegisiantresWinal such as an input signal to decide tonality.
For example, a pitch analysis result of an input signal or a result
of encoding the input signal in a lower laver (i.e. the first layer
encoding section with the present embodiment) may be used.

[0133] Switching section 352 sequentially outputs M subband

J—
wh

transform coefficients received from subband forming section 151,
to shape vector encoding section 152 when the tonality decision
information received from tonality deciding section 551 shows
“high.” and sequentially outputs M subband transform coefficients
received from subband forming section 151, to gain encoding
20  section 5533 and normalizing section 3534 when the tonality
deciston information received from tonality deciding section 551
shows “low.”

{01347 Gain encoding section 5353 calculates the average energy

of M subband transform coefficients received from switching

S8
L

section 352, quantizes the calculated average energy and outputs

the quantized index as gain encoded information, to switching

section 556. Further, gain encoding section 3553 performs gain
decoding processing using the gain encoded information. and

outputs the resulting decoded gain to normalizing section 554,

30 01357 Normalizing section 554 normalizes the M subband
transform coefficients received from switching section 532 using
the decoded gain received from gain encoding section 5353, and
outputs the resulting normalized shape vector to shape vector
encoding section 555,

35 [0136] Shape vector encoding section 5535 performs encoding

processing with respect to the normalized shape vector received

from normalizing section 3554, and outputs the resulting shape



[0128]The speech encoding apparatus according to Embodiment 4 of the present invention employs
the same configuration as 10 speech encoding apparatus 100 according to Embodiment 1 (see
FIG.1), and differs from speech encoding apparatus3200 only in including second layer encoding

section S0pdnsiead of $6¢oRd Jayer enceding seetign 102 Thepeferes the overall configuration of the

speech encoding apparatus according to the present 15invention is not shown, and detailed
explanati$hlthdrbof WilVbeBE8dS fPLAgIRIG. 29 i & bluek TiadgraptsRawing B eBARJURRibIPIRsIde

second layet encogdieg sectied SQxburheri secand:layecenaeding seclipn 305.empleysibe spme
basic configuration §0 zggond la%er encodin%sectign 105 shown in F# .1, and the same
compongrﬁ% Wil Be gé igA&tthe Ehe 12fdrdhc® RGMErdiantt SxplRation thefdotRiIFbE dhhitted.
[0130]Seednchlaytdr encoding igactidre 505 differs fronrseadnd layererdoding sectian 105ractiarding to
Embodi 1.in further including topality degciding sectign 551, switching section 552, gain
encodinr(_T:]aier;,écl'g:;(1)%1595Sr,l ﬁ(‘):zrt?ngtﬁlzirlégﬂ gect$§$ é%ﬁ shiglp%ql Vecto%%ﬁco%}lnw sﬁetcsiioﬁslgg and %&vﬁgﬁr?g
section 5536 FURedr it FIE&2D. $Heige vestop dricdding section UEM gaincetior dorimgsectionnl 53,
and gainegtog eReoding seetipn 454 constitutethe, 30 epcading seauenss (a).and:gain escosing
section 553, normalizing section 554 and shape vector encading section 555 constitute the encoding
sequencES(bY. {6131 ]¥bhalit} d&ciding SectiGm 831 GalcdiatebsdR BFNMMELAMAditator toeévalistd
tondlity of tbexfirss layél errerdeainsfarm 85ceoefficients rekeived frogwsubtract or 104, outputs “high”
as tonalil{;;(]}qlec%s'on imfgrma&jon to sgvitghiné; section 53]2 and switcr]?ing section.556 when the calculated
SFM is shallér than the® 31 persefié ermine Pn?evs?fold and oﬁl%ﬁ?sc' ow< &s o éﬁt% dechicH fhfSrnation
to switchingeseodion $52t andtdwitching seation &56hwhbmthencalculkatdd SEM issdgupkto eregreater
than the pisaeterined Mhieshoid IDl flMeanudiie, elinoydhfie plasent ambadinient s explained

using the SFM as an indicator to €valuate tpnali'fy, the present invention is not limited to this,
decision ayeshadt higiify drivthet titidator such aditie Jarfiahcd o the fitstlayer Erect tiznsiorm

coefficients oMpreover: decisionmay be pgHarmed AQusing anofher signabsucheashint signal to
decide tonality. For ex%mple, a pitch analysis rc?sult of an inputt%ignal or a result of encading the input

signal in RTIbWer Ief A 2P the Yirdtigyerchcoding using the sequence (b) in Tase

where the tonality of the first layer error transform coefficients is

“low.”

[0139} In this way, the present embodiment adaptively changes
20 the order of gain encoding and shape vector encoding according to

tonality of the first laver error transform coefficients and,.

consequently, can suppress both gain encoding distortion and

shape vector encoding distortion according to an input signal

which is the target to be encoded, so that it is possible 1o further

[
L

improve sound quality of decoded speech.

[0140] (Embodiment 5)

FIG.23 is a block diagram showing the main configuration
of speech encoding apparatus 600 according to Embodiment 5 of
the present invention.

30 [0141] 1In FIG.23, speech encoding apparatus 600 has first laver
encoding section 601, first laver decoding section 602, delay
section 603, subtractor 604, frequency domain transforming
section 605, second layer encoding section 606 and multiplexing
section 106. Among these components, multiplexing section 106

35 is the same as multiplexing section 106 shown in FIG.l, and,

therefore, detailed explanation thereof will be omitted. Further.

second layer encoding section 606 differs from second layver



encoding section with the present embodiment) may be used. [0133]Switching section 552
sequentially outputs M subband 15 transform coefficients received from subband forming section 151,
to shape vector encoding section 152 when the tonality decision information received from tonality
decidingespCtin Ayl SAWe ool | andiegqupniiglhquipyts M supbandgiansformeasifigonts,q
received from subband forming section 151, to gain encoding 20 Section 553 and normalizing section
554 whef thEabagiity dédisibhnsiermatsh Eadivedroth tohalityadediding Section 551 SHowsticw.”
[0134]Gain mncadingesection 553 calculates the average energy of M subband transform coefficients
received f60rg§ itching 25 §ection 552, quantizes the calculated average energy and outputs the
quantizetindex ‘as gai hcdtetinfdtnaddRn &osslitdfity Sdklion™s%8 JedrtAdr, gaiPéndb8ma ssection
55335perfanmb gain plecadingroeassing: using thegdinmencoded intbermatian,aand odiputs theyesulting
decoded gain.to.normalizing section, 554. 30 [0135] Normalizing section 5 ormalizes the M
subbandc%acn% o?rrﬁbcoe?ffc?gﬁt% rgc?)(r-:‘]%ve%nf?f)mll]sl\l/vﬁi%cl']ﬁlll\rll5Xs%a{:lt%)nglggzF h%lrﬁg?téegdecgjéidsé;ﬁa ectived
from gaif BRcCdimgEsectivh 553 6dhtl suiputd thelesaltinyadramalizedastape vector to shape vector
encoding §qgjion 555r35(01361Shape yectargnreding seetign 58 periorpsengading LIogessing with

respect to the normalized shape vector received from normalizing section 554. and outputs the

resultingRBhAHE 52 R&cAdedididration td sWitthing dechichsbe 36 23 TSwitching d6@iBn 55656utputs

shape eneoded information-and gein aneaded infosmatian received: fremmshapeector encpging:

section 152 an é;gin vector encodiqgﬂsection 154, respectively, when the tonality decision information
[ I

e
received fron fohality 10‘%1(1:i2c11|1ngt Qo cHOR BECERIWS ¢ figh. - a%n]or BltpftE Ehapé ERCLHRE infdfhhfidn and

gain encodiet imformationl receivéd:fdommgédiatendodigesection 553 and shape vector encoding section

555, respectiyaly, w the t [ cigign information receiy from tonality,deciding segction 551
shows "I ?vlt %C?l S]Eg %16%‘52“%’;% :%gge,%tﬁg ségé%?eé n%q%i%ragp%%?gtggl éggodrdiﬁait% %hegg)re%e%t
embodinérit perforii shaped eetoriahtddifig terh porally gk lo bairs Bhdadiag usifPthe sedlrence (a)

in £ase where the fonatityqaf the first layas grrordranstormyla, cosfficients ispighy, @nghpetierms gain
encoding temporally prior to shape vector encoding using the sequence (b) in caSe where the tonality

of the firdt18yeF &¥rdt frandforrh Esériitehs'is (B sis Wag ! ifprédeht amBoditiert dddfftively
changes®dtheddrder ekgainoenaddihg and shape vector encoding according to

[0145] Subtractor 604 calculates the difference between the

delayed input signal received from delay section 603 and the first
20  layer decoded signal received from first layer decoding section

602. and outputs the resulting error signal to frequency domain

transforming section 605.

f0146] Frequency domain transforming section 603 transforms

the error signal received from subtractor 604, into a frequency

[S]
wn

domain signal, and outputs the resulting error transform
coefficients to second layer encoding section 606.
[0147] FIG.24 is a block diagram showing the main configuration
inside first layer encoding section 601,
[0148] In FIG.24, first laver encoding section 601 has
30 down-sampling section 611 and core encoding section 612.
[0149] Down-sampling section 611 down-samples the time
domain input signal to convert the sampling rate of the time
domain signal into a desired sampling rate, and outputs the
down-sampled time domain signal to core encoding section 612.
35 [0150] Core encoding section 612 performs encoding processing
with respect to the input signal converted into the desired

sampling rate, and outputs the generated first layer encoded data



tonality of the first layer error transform coefficients and, consequently, can suppress both gain
encoding distortion and shape vector encoding distortion according to an input signal which is the
target to be encoded, so that it is possible to furthers25improve sound quality of decoded speech.

[0140](Embedimen Fl j 2k di i [ figuration of ech
encodi %%p%gayr%?ug%%% rag(:%(r:déizr({lg:f %OEE?n%g g :én%ﬁ?ga%? ﬁ@g@gﬁ t? [ ﬁ\]/% rg tl%%g 3%%0%% ig]] Inn IlZSI(PGgZB

speech eitcbdihg appafatisie0 Hab Festhage pdrichaingisestibh 50Dt stayer dedbliggisadtione02,

delay sectiqn 03¢ subiragtoe 604 e freqaney domaindrangtorming sectioln 6|05, second layer encodirr:g
section 606 _and multjplexing section 106.Among these components, multiplexing section 106 35is the
same as(s[r%%n&léxin Bochdi 186 shoMFii PSS 4T arif SHRIOBE, détalied exdldmatidithe fedF Will be
omifted. Burthed, isegone dayemescdtling sestion i diffesscito nnsecbnddayeh 33 ientadingesection 305
shown irblélG 12 inopart 8];1 %rggesseikn(gd 1a{r;g differ(-:'cr][tiroe}‘lerengﬁ glumeg%la will buebasstsiiglrg g to sg%w this
difference. i42]|9irslplgyer encoding sectron 601 encodes an input signal, Pahd outputs the
generatetipfirstlayen ehecosleg watafto first hayeh devodmgsectidreédl. andihakiplexingssettion a

106.First laygr,spcodingseation; 601, will he deserfied in defaildater, 01ARIFirstlayer decoding gection

602 performs decoding processing using the first layer encoded data received from first 10layer
encoding BE&ibA 601 FaRa butplils the RehefdtédTitst faydriddtodéd SRt ststiétor 604 Fist

layey degogling:$a6tON importance with an approximate signal and instead
increasing the number of bits to be allocated in a perceptually
important low frequency band (or middle-low frequency band) to
improve the fidelity of this band with respect to the original
signal.

15 [0153] Core decoding section 621 performs decoding processing
using the first layer encoded data received from first laver
encoding section 601, and outputs the resulting core decoded
signal to up-sampling section 622. Further, core decoding
section 621 outputs the decoded LPC coefficients found in

20 decoding processing, to high frequency band component adding
section 623.

{0154] Up-sampling section 622 up-samples the decoded signa!
recetved from core decoding section 62! to convert the sampling
rate of the decoded signal into the same sampling rate as the input

25 signal, and outputs the up-sampled core decoded signal to high
frequency band component adding section 623.

[0155] Using an approximate signal, high frequency band
component adding section 623 compensates a high frequency band
component which has become missing due to down-sampling

30 processing in down-sampling section 611, As a method of
generating an approximate signal, a method of forming a synthesis
filter with the decoded LPC coefficients found in decoding
processing in core decoding section 621 and sequentially filtering
a noise signal for which energy is adjusted, by means of the

35 synthesis filter and bandpass filter, is known. The high
frequency band component acquired in this method contributes to

enhancement of perceptual feeling of a band but has a completely



602 will be described in detail later. [0144]Delay section 603 applies a predetermined delay to the
input signal and outputs the input signal to subtractor 604.The 15duration of delay is equal to the
duration of delay produced in processings in first laygér encoding section 601 and first layer decoding

section 602 {14 3ISublractes 54 ealcwates the giffarenge hefweep fhesdelayed joput signal feseived

from delay section 603 and the first 20 layer decoded signal recéived from first'layer decoding section
602, and°duiRithe tedtfting B SiGRAI%S ety dbindiR tdrisiigihgidectiys Boy, band
[0146]Frequeney doraginstransiorminghsactionie0? iranstorns-be efroheigaalyeseived from subtractor
604, into %ﬁre(@enc omainbﬁign% and f)ut uts the resulting error transform coegici nts to second
layer enddding’gectioh 668, (PAA71FIES b4 5 6l0&R GidgrahEsHOWING tie Rrdaid Brftflifatiohtif&ide
firstiayer énacding sections60d n[©dd8]Ink 16 .24 dinstlayer encodingseatibro 60tlthasc3@dawnt ganapling
section G440, care encoring secfion 642, [01dRLRoWn-sampling secion 6Lt cown:samples e
time domain input signal to convert the sampling rate o fhe time domain signal Into a esired Sampling
rate, andPSutpa® tthée bowm-sampletitinfe domadirksidnal to doresericovling sectfon 832.935¢0159] Core

encoding secfipn 632 performs epending rrecessing Wihdespeet 4@ e ippylsigngl.copveriedjpto the
desired sampling rate, and outputs the generated first layer encoded data 34 to first layer decoding

section 602 34! HTDIGBIexihG 'Sectivn 2062 a5 1]FIE B5 S aiddediagraii ShBWMG tHe mifr ¢ T

configuratieminsige figst layaradecogingseationdQa i [04.82]Irf F¢G 2o nfirst layer decogdite section 602

12 ore o speiel Sl ol SSSRD 22 DRI o v gncrines
problem caused by an increase in energy of the error signal in a
high frequency band. That is, second layer encoding section 606
performs selecting processing shown in FIG.15.

15 (0157} FI1G.26 is a block diagram showing the main configuration
of speech decoding apparatus 700 according to Embodiment 5 of
the present invention. Meanwhile, speech decoding apparatus
700 has the same basic configuration as speech decoding apparatus
200 shown in FIG.8., and the same components will be assigned the

20 same reference numerals and explanation thereof will be omitted.
[0158] First layer decoding section 702 of speech decoding
apparatus 700 differs from first layer decoding section 202 of
speech decoding apparatus 200 in part of processing, and.
therefore, different reference numerals will be assigned. Further,

25 the configuration and operation of first layer decoding section 702
are the same as in first laver decoding section 602 of speech
encoding apparatus 600, and. therefore, detailed explanation
thereof will be omitted.

[0159] Time domain transforming section 706 of speech decoding

30 apparatus 700 differs from time domain transforming section 206
of speech decoding apparatus 200 oniy in arrangement positions
but performs the same processing, and, therefore, different
reference numerals will be assigned and detailed explanation
thereof will be omitted.

35 [0160] In this way, the present embodiment substitutes an
approximate signal such as noise for a high frequency band in

encoding processing in the first layer, instead increasing the



approximate signal for a high frequency band.This is based on a technique of realizing improvement in
sound quality of decoded speech entirely by representing a high frequency band of low 10 perceptual
importance with an approximate signal and instead gycreasing the number of Ipits to be allopatgd ina
perceptually. | rtant lqwy frequengy band (qr middle-low frequenc and) to improve the fidelit : of
this bandﬁv{“?i/?rlllq%(Icaégp;l({;%t tgo t teE o%éingl%sig%ngglé%[bﬁ Bfélorg d8Coding’ s&¢ |o?r¥ 63 ﬁe?frotr%%tdg _o&ng
processifd taihg e fibst T erehcaddd bata veeelved from fistiayed ercodingpsectionf6al idng
outputs the; [gsylting cere decaped sigpalto;up;sampling seglion 622, F%meaqg%gmqu ggetion

621 outputs the decoded LPC coefficients foundin 20decoding processing, to high frequenp_y
componeht BRI ScHidis 693, 301 8A1OReEfpliAgidettivh 628 \ipedariibles tHe decbaad sigmala

received firogm cdre: denodling sestian 631 fozcamvert the sampling eaterof theydecaded signal inigthe
same sarﬂplin rate as the '{rﬂout ,{253i nal, andg utputs thge ljé)-sampled core ollecoded §|gnal to high
frequency ba %ec%%r‘poenlént adding se&tioh 523 “[01BS10EIRG ahTappr&ihidte g, KigH frddfidncy
band corporent aﬂdm@s&t@ﬂzﬁzﬁmhm@maqseahtgfnfoeqaemyc}bmg acamppgfratilvpimhas .
become mjssi el sampli ocessing indown-sampling section 611. As a method o
generatir?TH a%ga?plglrjg%%g@i%sﬁa?% ?nge%?og{of ?ofm‘gi]ggsl 1absf;/ent esis ”%? With %%aégjéadfdl I_CIQC%1 ¢
coeﬁicieﬁ?%@foaﬁcf ftaatoding Descesbing fndore deCotling sectione2lli and seqbentially dikesihg. a

noise signatfor avhich Eneegyeis iadivsied oky Mmeana of the3s synthesis filtenand bandpass filtey, is

known. The high frequency band component acquired in this method contributes to enhanceme?jt of
perceptublfeelihl 5&5%8&1’?]%11%%3 SeCOhiidtely 88 bificiént Wavietorfn frbm thethigh fﬁéq%b‘ﬁdy band
componenf of thevdriginalpsignal, .and, therefore, energy in the high frequency band of the error signal

conaedjo e P T e I e prr ey e R
band thategsséntidlly hasag high 604 finds the difference between time domain
15 signals, the present invention is not limited to this and subtractor
604 may find the difference between frequency domain transform
coefficients. In such a case, input transform coefficients are
found by arranging frequency domain transforming section 605
between delay section 603 and subtractor 604. and the first layer
20 decoded transform coefficients are found by arranging another
frequency domain transforming section between first laver
decoding section 602 and subtractor 604. Then, subtractor 604
finds the difference between the input transform coefficients and

the first layer decoded transform coefficients, and gives this error

b
th

transform coefficients directly to second layer encoding section

606. This configuration enables adaptive subtracting processing

of finding difference in a given band and not finding difference in

other bands, so that it is possible to further improve the sound
quality of decoded speech.

30 {0162} Further, although a configuration has been explained with
the present embodiment as an example where information related
to a high frequency band is not transmitted to the speech decoding
apparatus, the present invention is not limited to this. and a
configuration may be possible where a signal of a high frequency

35 band is encoded at a low bit rate compared to a low frequency band

and is transmitted to a speech decoding apparatus.

[0163] (Embodiment 6)



perceptual sensitivity is not likely to be selected.Consequently. second layer encoding section 606
according to the present embodiment selects a range from candidates arranged at lower 10
frequencies than a predetermined frequency (i.e. refgrence frequency). so that it is possible to prevent

ihe above-described prphlem caisgq Py ianuingiaast, 1 KOSl e 11RL S9Nl Rid Do Teghency

band. That is, second layer encoding section 6 GIﬁperforms selecting processing shown in FIG. 15.
15[0157fFLG .26 $<& bioek Arbigidm SRBWHYithe MAIR coRffgurstidhdofishebeh e ddaripdpsaratus 700

accordingite Embtadiment $+f tha presentinvention. Neanwhile spegeh H%FCO&" APparatug 70 has
the same basic config;sttj['ation as speech decoding a?paratus 200 shown in FIG.8, and the same

componérftsRuifl b addigned the 20satfe tefer&iide idhérald Ad eﬁﬁlanéﬁ&?ﬁ]fére(ﬁ}i’/\ﬁlf)ﬁé Bihitted.
[0158]Firsp layerndecodifg sebtiow #02r0f Bpeée@Bdesading Rppataius 7O differs dion finst layere

decodin tion f speech decadin paratus 200 in part of processing, a qj.rthere re, different
referencgédgn%?rﬁenr‘gls \%vﬁ:ebé? %%sfgrﬁgé% lfuert ge% Y %%rc?oglsﬁgag?a ioenXp nd" 8§1e%r%1%i8nqo efiligﬂgl\é‘ri Ff
decodind>seétion "G are the same as in first layer decoding section 602 of speech encoding

apparatus§094and, tb&;@@é‘ﬁ' detaiedigxplangtinn thereof wil b omifted, [Q15p]Time damain i,

transforming section 706 of speech decoding 30apparatus 700 differs from time domain transforming

section 208t $hB&cR BETH Y SpPpHtd8 200T8H§ Tnidkfahiydiieat Positionti Bt défbsmsSthé same
processing, 118!} theretore hdiffegent reterenge nurperafs with be pesigrerk and detailediexplanation
thereof V\fjllit%e omitted. 35[0160]In thisowe%/l, the %r(ﬁsent embodimeqt substitutes an appéoi%?ate signal
such as hoisé F6F& high rregUiehty BARE' T encblihg BrobBing ih e st ayer Sisiehd ifcrb&Sing

the 36 nermbehadf bigs to be a}llﬁc_ated_ ima percépmlwlmmportaqlslﬁu\/rﬁnemgncwlaand ¢or migldig-low
equency b ipdmprovedilefly wilhissoaet b e erdialsional of iis bepd urbey reventing 2

problem due to an increase in the energy of the error signalina 5 requency band using the lower
range thaf Blpredet8ihfihed freqtib AdyLasSthe target t6 be entaded ih seesnd tagéi ehcodingthe

processingnayshpertornmg.shang vectpipencogding femporally prok fe gain gncading, sethatit is;
possible e#o more accurately encode the spectral shapes of signals of strong tonality such as vowels.

10 furthet t8dUCE Jaitt Véétot OB RStbTfortWithidUt ifciedig thd Bitirafe dnd, Bonddqudhily,
further indprovelthe JoBrd qualifyf of decoded speeeh.dOilb1Fugheragithouphea easechas beed n
explaine(g @\g an example where subtractor 604 finds the difference between time domain 15 signals,
the present Tnvention is not limited to this and subtractor 604 may find the difference between
frequenclyldbmain transform coefficients. In such a case, input transform coefficients are found by
arranging frequency domain transforming section 605 between delay section 603 and subtractor 604.
antithe first layer W(z)ml—fa(i)-yi -z" ... (Equation 12)

f=]
f0166] In equation 12, a(i) is the LPC coefficients, NP is the
order of the LPC coefficients, and v is a parameter for controlling
the degree of smoothing {making white) the spectrum and assumes
values in the range of 0<vy=<l. When v 1s greater, the degree of
25 smoothing becomes greater, and 0.92, for example, is used for vy.
10167] FIG.28 is a biock diagram showing the main configuration
of speech decoding apparatus 900 according to Embodiment 6 of
the present invention. Further. speech decoding apparatus 900
has the same basic configuration as speech decoding apparatus 700
30 shown in FIG.26, and the same components will be assigned the
same reference numerals and explanation thereof will be omitted.
[0168] Speech decoding apparatus 900 differs from speech
decoding apparatus 700 in further including svnthesis filter 901.
[0169] Synthesis filter 901 is formed with a filter having
35 opposite spectral characteristics to weighting filter 801 of speech

encoding apparatus 800, and performs filtering processing with



20decoded transform coefficients are found by arranging another frequency domain transforming
sectionbetween firstlayer decoding section 602 and subtractor 604.Then. subtractor 604 finds the
difference between the input transform coefficients 88d the first layer decoded transform coefficients,

and givesethis£rror gofransfarm oefficienty directly fomecendpyer ensprling, seqtign 608, m%

configuration enables adaptive subtracting processing of finding difference in a givenband and not
finding difféfendeifh othér Béﬂﬁés 8 that'it f¥ddssiblelth furtheAiidrove thetseidrirgudtifyzof deéoded

speech. 300LGIFtiaer ; althowah ascenfigreation:bas heem explainedwitthegrraseptembodiment
as an e?gbpée where information related to a high frequency band is not transmitted to the speech

decodin aratus, the present |nvent|on is not limited to this, and a configuration may be possible
where a signal of a high fregzez and is encoded at a low bit rate compared to a low frequency
band and is transmitted to ecly ge¢piling apparatus. [0163](Embodiment 6) 37 FIG.27 is a

block diagram showing the main configuratign of speech encoding apparatus 800 according to
EmbBodiment 6 of the present mvermom__EuLaJeL_speech encoHifg apparatlis 800 employs the same

basic configuration as speech encoédlnlﬁ Zﬁ)aratus ;600 shown in FIG.23, and the same components
will be assigned the same referen &hid dnd %xplanatlon thereof will be omitted. [0164]Speech
encoding apparatus 800 differs from speech encoding apparatus 600 in further including weighting

filter 801} 4@ fALp5] Weighfing filter 801 pedgrms peregptual mlgbwbygﬂt@ﬂﬂg amNerrorssignal, and
outputs thed-:-rror sllgnﬁal aie; e|%ht|?9 to frequencg/ omain transformln C}SIIOH 605. We hting filter
801 smoothes'| (makes Whlte) hé& spec rﬁ%ﬁ3 Bt an i put &gh%l%r%ﬁ%ﬁge% F fo Becfrgl c(hrar ié’ﬁgstlcs to
the 15 smipethietespectiums Bor example, theakeigatingifilter trahsfes function w(z)rs represented by

following, equation;12 uiging the Q%C%dredo@%‘iOEff'%@ﬂté gequired jn gt lyer; decogding sectipn 602.
[12] NP 20W(z)=1-La(i) 7' 2--1 ... (Equation 12
smoothing becomes greater, and 0.92, for example, is used for v.

(01711} As described above, weighting filter 801 of speech
encoding apparatus 800 is formed with a fiiter having opposite
spectral characteristic to the spectral envelope of an input signal,
and synthesis filter 901 of speech decoding apparatus 900 is
15 formed with a filter having opposite characteristics to the
weighting filter. Consequentiy, the synthesis filter has the
similar characteristics as the spectral envelope of the input signal.
Generally, greater energy appears in a low frequency band than in
a high frequency band in the spectral envelope of a speech signal,
20 so that, even when the low frequency band and the high frequency
bané have equal coding distortion of a signal before this signal
passes the synthesis filter, coding distortion becomes greater in
the low frequency band after this signal passes the synthesis filter.
Although, ideally, weighting filter 801 of speech encoding
25 apparatus 800 and synthesis filter 901 of speech decoding
apparatus 900 are introduced such that coding distortion is not
heard thanks to the perceptual masking effect, when coding
distortion cannot be reduced due to the low bit rate, the perceptual
masking effect does not function much and coding distortion is
30 likely to be perceived. In such a case, synthesis filter 901 of
speech decoding apparatus 900 increases energy in a low freguency
band including <coding distortion and. therefore, quality

deterioration is likely to appearly distinctly. With the present



[0166]In equation 12, a(i) is the LPC coefficients. NP is the order of the LPC coefficients, and y is a
parameter for controlling the degree of smoothing (making white) the spectrum and assumes values in
the range of O<y<1. Wheny is greater, the degree cf®5smoothing becomes greater. and 0.92, for

examplecig, usedliferem [016¢1F1628 ipeablock:dirgam showing thenaip gonfiguration.of spegeh

decoding apparatus 900 according to Embodiment 6 of the present invention. Flrther. speech

decoding &Fpartug 8603 thEssanié basic coRfglirdtion Bs dgedctdeediimyg Bsetatts Fo0m0

shown inchalsd36 anekthe saame;eamponeniswydlt beasgigned thessame feference BUmerals ard
explanatifon thereof Willga.e omitte?. [0168] S[;{afﬁch decoding apparatus 900 differs from,iipleech

decoding ApFatSHE 706 inFurth&f fcTutfify syrtresidfiter 001 0188 5yhinekis Mt 869 1§ fdrfhed
withSa filtet haviret 850ppositetspectral charadteristigsrioiweighting ffiltem3@h efkspeach enocading
apparatus - etforms filteri cessing.with ,38 respect to a signal received.from time
domain t%%g%rrﬁn?%ggségigl ]7 Rga?l%e%%%gﬁs% ﬁwebraérslu t. Hecﬁria%ls%rofﬂﬁct@ne B?z%uo]fl gyﬁtﬁgsﬁifstﬁflter
901 is represehtstiusthg fatlewihg equation 13. [13] 5 1 ... (Equation 13)  [0170]In equation 13. a(i)

is the LPGyqoeffirients, NRiis the order of he:sRG casfisisatsyand:y is 8 parneterf;gantialing

filter in the speech encoding apparatus, realizes quality

10 1mprovement by providing the synthesis filter in the speech
decoding apparatus and utilizing a perceptual masking effect and
uses the lower range than a predetermined frequency as the target
to be encoded in second layer encoding processing to alleviate a
problem of increasing energy in a low frequency band inciuding

15 coding distortion and to perform shape vector encoding temporally
prior to gain coding, so that it is possible to more accurately
encode the spectral shapes of signals of strong tonality such as
vowels, reduce gain vector encoding distortion without increasing
the bit rate and. consequently, further improve the sound quality

20 of decoded speech.
[0173] (Embodiment 7)

Selection of the range which is the target to be encoded in
each enhancement layer will be explained with Embodiment 7 of
the present invention in case where the speech encoding apparatus

25 and speech decoding apparatus are configured to include three or
more layers formed with one base laver and a plurality of
enhancement layers.

[0174] FIG.29 is a block diagram showing the main configuration

of speech encoding apparatus 1000 according to Embodiment 7 of
30 the present invention.

[0175] Speech encoding apparatus 1000 has frequency domain

transforming section 101, first layer encoding section 102, first

layer decoding section 602, subtractor 604, second laver encoding

section 606, second layer decoding section 1001, adder 1002,

(W%
L

subtractor 1003, third layer encoding section 1004, third layer
decoding section 1005, adder 1006, subtractor 1007, fourth layer

encoding section 1008 and multiplexing section 1009, and is



the degree of smoothing (making white) the spectrum and assumes values in the range of
0O<y<1.Wheny is greater, the degree of 10smoothing becomes greater, and 0.92, for example, is used
fory. [0171] As described above, weighting filter 804(f speech encoding apparatus 800 is formed with

a filter hgyjng.Qpposite;spectral ﬁparaﬁ%rgltig_to the ggﬁ%t@gjen\ﬁ}g@% of_ an, %%u(g Big ﬂ%lg and, ﬁy‘pthesis

filter 901 of speech decoding apparatus 900 is 15formed with a filter having opposite characteristics to
the weigRtriyfileet Consahtienty 19 §yrRthERR Silte hAs Seudimitar chamdbhstics as fivg speegal

envelope; efcthiesinputcsignal. Senesally agreates ©R8IPYAPPEALS: b loMp fregyencysbanthtian insa high
frequen%{[ﬁ%nﬁ in the spectral envelope of a s%%ech signal, 20 so{j{h t, even when the low frequency
band an high'f equ‘éﬂ&fa haHE hARTEHUAP CodfREdiRIHEET ofd sighaltbefrethis §igR4 Pagses
the Synthesis filier, €0dingsdistortien beodpesagrdates o the |dwsfeaquancy band aftes thissigrisd

passes the synthesis filter. Alt h,ideally, weighting filter 801 of.speech encoding 25. apparatus 800
and syntﬁiseis [ tesrsféSf‘; § sipnezliﬁ%é‘“cédina}l éyggaﬁgtucs%dbtglérgrlﬁt%g%}geé éludchotﬁéf'%1 c%di%ﬁp %jisqtg:tion is

not heard tieeks to Irevpergeptunalmiasking effédt] when coding fistertion canmdtlbe redeced tge to
the low hityate, $he: Rercrpiuahmasing effiech dogs netdupetionouch and geding ghistogtion is 39 likely

to be perceived. In such a case, synthesis filter 901 of speech decoding apparatus 900 increases
energy iP 4 fov fréqGécyPlasd InBRiiRG coBitig ARETTEER B, Hdidibfed i detdiormtivii 4 likely
to appeady distingty WVithethe present 39 embodiment, as described in Embodiment 5, second layer

encodin ion 60 ects a range, which is the target to be encoded, from candidates arranged at
lower friﬁiﬁ%ﬁs than? g’ 'pgré?dé%fﬁjn%h%%tﬁéqaéﬁcﬁle(f%g Pe?epeiéee eglEhéy ], 5o it # §s B%)s‘scf e to
alleviate the abevetdesgaribetoprdliem of emhpkiasizingeaoding idigtortion irea taw freguency bard and

mprove fhesound qualiy glogeaded sregen. [0178lihisy. e prﬁ%%?tf@tybodim?ﬂts%%iges a

weighting filterintheSpeechencodingapparatus,realizesquality 10 improvemen providing the

synthesid il 91§ $d Epedcls dEeplifEapparats and WRiflzivglaferesprarmdsking effett and dses

the fower inge than 8 predeterined fregyency:as the tegget o be epaaded inseeqnd dayerencoding
processing to alleviate a problem of increasin%ener y in a low frequency band including 15coding
t

distortiorf &fcPtd Perorfi SHaH: VelfbT eABSHING tehiBorsty piof g B8dinB, 46tk iSa68sible to

more accuiately ngosle thespectral Shapes of signals of strong tonality such as vowels, reduce gain
rocor s o g efeepa el g cepentsf IR IR Upond
arranged in lower bands than the second layer reference frequency
20 Fy(L2) in the second layer encoding, selection range candidates
are arranged in lower bands than the third layer reference
frequency Fy(L3) in the third laver encoding and selection range
candidates are arranged in lower bands than the fourth layer
reference frequency Fy(L4) in the fourth fayer encoding. Further.
25 the relationship of Fy(L2)<Fyv(L3)<Fy(L4) holds between the
reference frequencies of the enhancement layers. The number of
selection range candidates in each enhancement layer is the same.
and a case where the number of range candidates is four will be
described as an example. That is, in a lower layer of a lower bit
30 rate (for example, the second layer), the range which is the target
to be encoded is selected from low frequency bands of perceptually
higher sensitivities, and, in a higher layer of a higher bit rate (for
example, the fourth layer). the range which is the target to be
encoded 1s selected from wider bands including up to a high
35 frequency band. By employing such a configuration, a lower
layer emphasizes a low frequency band and a higher layer covers a

wider band, so that it is possible to realize quality sound of speech



Selection of the range which is the target to be encoded in each enhancement layer will be explained
with Embodiment 7 of the present invention in case where the speech encoding apparatus 25 and
speech decoding apparatus are configured to includgithree or more layers formed with one base layer
and a pltgpgyepﬂ‘senhancement layers. [0174]FI1G.29 is a block diagram showing the main configuration
of speech encoding apparatus 1000 according to Embodiment 7 of 30the present invention. _
[0175]Spetr 8dcod ngcaép]arh%ué toor-kad regueseysdopainnteansforming sextor 198 rfirst dayer

encoding,gectign: 104 firatlayer idegodingsaction603. 1spbtragtor §04; seeond laygrencading gection
606, second layer decoding section 1001, adder 1002, 35 subtractor 1003, third layer encoding section
1004, thiF’(ﬂ&ﬁ/‘é dgb%aihg section 1005, adder 1006, subtractor 1007, fourth layer encoding section

1008 and tuttiplexing dectiolr 1009,1and isp 4@ farmed wdtb daur dayerp Amonguthesea ¢anpponeats, the

configurations operations of frequency, aip.transforming section,101 and first Iaye(j oding
section f%) Igr%algz% oW ifT Ffé.cf%% c?o%?fgdragéﬁgtan]zaafpeegat Shs ot HPet 1a3/8F Hb%gdirg @ ection
602, subfraeton804 ane seconddayerentodingsectidr606 arédisighowwcinibl. 23] dd théird

configurations AndQpgietions oL LGS Naying nUTRATA01 48 099 alq pignlag in e configyrations
and operations of the blocks 101, 102, 602. 604 and 606 and can be estimated and, therefore, detailed
explanatoRSAIt188e Sftied Rerd. (617616 Strikustates rocdshhy of sléEaNg e rared ihich is

the target tooe, encaded treaceding: BrOCessG ¢f speeGhencodingapparatysdOORIG- 1111,
30AtoFIG.3gCillus ate progcessing of selecting ranges in second layer encoding in second 15 layer
F5ibh 05! INT4 yar Endddiiy bt !

encoding section Iyt 8ndSdiig i thirbSlayer BicdBiNd sEEtiohP1D0d ARA KSR fdyet S
encodingzindourthelager encodirfg sieetien 1008. {1 %A As shevhan Fl6G.304A, selactibpuangeon s

Canmdm@%ambperaﬁons of blocks in speech decoding apparatus 200 shown
in FIG.8 and can be estimated, and. therefore, detailed explanation
15 thereof will be omittied.
[6180] In this way, according to the present embodiment, the
scalable speech encoding apparatus selects the range which is the
target to be encoded, from low frequency bands of higher
perceptual sensitivities in a lower layer of a lower bit rate and
20  selects the range which is the target to be encoded, from wider
bands including up to a high frequency band in a higher laver of a
higher bit rate, to emphasize the low frequency band in the lower
layer and cover wider bands in the higher laver and to perform
shape vector encoding temporally prior to gain encoding. so that
25 it is possible to more accurately encode the spectral shapes of
signals of strong tonality such as vowels, further reduce gain
vector coding distortion without increasing the bit rate and further
improve the sound quality of decoded speech.
[0181] Further, although a case has been explained with the
36 present embodiment as an example where the target to be encoded
is selected from range selection candidates shown in FIG.30 in
encoding processing in each enhancement layer, the present
invention is not limited to this, and the target to be encoded may
be selected from range candidates arranged at equal intervals as
35 shown in FIG.32 and FIG.33.
[0182] FIG.32A, FIG.32B and FIG.33 illustrate range selecting

processing in second layer encoding, third layer encoding and



arranged in lower bands than the second layer reference frequency 20 Fy(L2) in the second layer
encoding, selection range candidates are arranged in lower bands than the third layer reference
frequency Fy(L3) in the third layer encoding and selgttion range candidates are arranged in lower

bands thag,fheifourthlayer ggferanee frequency Ey(L4) in the foprtelayer %%Qdi?g;é%tger- #rihe

relationship of Fy(L2)<Fy(L3)<Fy(L4) holds between the reference frequencies of the enhancement
layers. ThE FtiBerof §6IbEfdAGTANGE LaAdIATS il &heR ehhaheentuht ayemistnd 8are mRd & case

where theaRuwaber ghrange candidatas issfour will be describpd as apexample.cThal is.iR adower layer
of a Iowereqit 30 rate (for example, the second layer), the range which is the target to be encoded is

selected Torh jon FeqlBR&Fbards Bt DBl Eehtddify hfé’rférrseﬁé?ﬁviﬁ@'é} ahdgih & hightr 1ayé&tor &
higHer bit raid {fon exaieple, thi dourtmlayerjy theciande which is thestargetdo be ereoded isiselected
from wider .inclydi t [ frequency band. By emplqying such a configuration, a
lower Iayge??a%r?p agi%gs gggtévgfr%(%r?gégb%unggém a}érﬁlg r&:rs faylenr ceque(r)svgevfliggar%%ﬁd, 50 ;%tgteis
possible 3!8Iz qublitedounid efispeetl ¢4 1csigribls. {0 B8] F$G 8 islddiockodiagrane éhawing the

main configuration ghspeechdegoding apparatys 413 p.accgrding tpthe present emiediment .1
5[0179]InFIG.31.speechdecodingapparatus1100has demultiplexing section 1101, first layer decoding

section 1193 REESAdYagdt Hietbdihg Section 1103, adding section 1104, third layer decoding section
1106. adpingssegtiorF ik deyrthdayendecoding seciiondd 0ia adding seaiion 1408 switching section
101109, time d?rrg%lnt;[ransfocrrguc{'ngdseé:t!on 11%0 angll gost filter 1111, and is formed with fogr layers.

Meanwhilé; theconfigurations ahd operations of these hiScRECaHe ditniiSF to thE cohfi§iratidnsBhid
operationsiof Blotkslimyspeeah dgcobing appardtas 200shewn dre FAGi8 andveanhbe tdstimatedgand,

therefore, giRsalleciexplanalion dthergofouil beramitiad, [1AQIN isay, 8oePIdRg (0.t present
embodiment, the scalable speech encoding apparatus selects the range Wﬁ‘IIC IS the target t
encodedd fibAT BWFidtgieridyhandd 8fhighbr fdréeptual semditivitiesdn a fawen layéreof adovier Dit rate

angls 20 spdeqtsithe éanga Whishys ghe 1akges todpe-epgaded, frore wider bands inglyding up, toea high
frequen(:i/%%and in a higher layer of a higher bit rate, to emphasize the low frequency band in the lower

layer and covaFAiddbahbg i fhe AtR&ESIas bdtﬁtﬁesrfo?%rsﬁgﬁe GAEF Bricdding terdpot&ify prior
to gain encoding socthiat h25 itds pessiblectotimdrd acchratély encode therspectial shapas:ef sigeals of

strong topgit esggr%a(shveov%eéshfgrtft]elirgdeulg:e %in vecﬁoer crod&iln distort‘i:f)nrv&\lliéhout increasing, the bit
rate and furtiier improve the soun qua{ﬁ&fy of é%coraeé speeceh. %Té’ﬁfurther, ﬁ&oﬁﬁﬁl ﬁ%&eﬁas
been explaifefiwithth@ smitting range information once every several frames

20 and using the range shown by range information transmitted in the
past, in the frame in which range information not transmitted
{discontinuous transmission of range information),

[0184] Embodiments of the present invention have been
explained.

25 [0185] Further, although a scalable configuration of two lavers
has been explained as an example of the configuration of the
speech encoding apparatus and speech decoding apparatus, the
present invention is mnot limited to this, and the scalable
configuration of three or more layers may be possible.

30 Furthermore, the present invention is also applicable to a speech
encoding apparatus that does not employs a scalable configuration.
{0186] Still further, the above-described embodiments can use
the CELP method as the first layer encoding method.

{0187] The frequency domain transforming section in the above

35 embodiments is implemented by FFT, DFT (Discrete Fourier
Transform), DCT (Discrete Cosine Transform), MDCT (Modified

Discrete Cosine Transform), a subband filter and so on.



30 present embodiment as an example where the target to be encoded is selected from range
selection candidates shown in FIG.30 in encoding processing in each enhancement layer, the present
invention is not limited to this, and the target to be effcoded may be selected from range candidates

arrangeq @t iRl Intepvpihs IO G AZANLEIGH 018G 1P i 928 AN G 33

illustrate range Selecting processing in second layer encoding, third layer encoding and
42 fourtl RYEF EncodmpAs shéwA it PIES T 8h8 G B3, the nlimBeE 8f selBstiohtidhie cantidlhtes

varies betwepnanhaneament jayersoand acase will be divateated ihere yhare thepurpbersiafi e
selection range candidates are four, six and eight.In such a 5configuration, the range which is the
target tobe 3H6‘d&’ed‘ ?S‘-"{d]e"‘léﬁnined from low frequency bands, in a lower layer, and the number of

seléctior] fen§ @ tandidates is srhallep Compaked toaarkigherdayere se thatdtlisywosbkibla to séduce the
computaigng) camplexity and bitpats LODRA3IEUINer, 3.8 Methad of selecting the rapge g s
the target to be encoded by each e hancementﬁiayer, the fange of the current layer may be s€lected in
association with tievange sdlbetedinethe tdwernayen tFormexample, ere ateemethedsof (1) by
determiningtherapge of the current layer from the ranges 15 positioned in the vicinity of the range

selected in the lower layer, (2) rearranging the range candidates for the current layer in the vicinity of

the rangb'stfBtbd ik thehowbPIayer to BeRFhine B! ahgd of the Barrdstiayépibaitereafahged

range cangidatessamd 3hanswitting repgedafdrmation anes evenyi several Fames 20 andhusiag the

range shown kl)ly ra information trad1sg1itted in the past, in the frame in Whirﬁh ran%e information not
isco

transmitted (alsc ABnucUS HrahsHissfon oF ra?ﬁﬁe 1A¥b m‘féﬁ‘&rﬁfi[o‘ié&fé?ﬁbodi ekllufss ftﬁ%apvre cht
invention mdve béen explaiped 02504 86]Elitthes,ralthoudgh v scatatde wodfigurationi afdivo kakérs. has
been explpiggd ag.an, g Rlq of,the configurati the h.encaodi ratus ndgr&ee@h
decodin apparatuss, the 3resentf|)nve%tion?s notc%rm%t{eg%o i??ﬁf%nlgé:hg%?glﬁb%?cg&ﬁgajgrationof
threeorm‘(ﬁ’él‘a%}’%n{a§ﬁeﬁo§sﬁb‘l@.e1" LSI.” or “ultra LSI” depending on differing

15 extents of integration.
[0191] Further, the method of circuit integration is not limited to
LS1's, and implementation using dedicated circuitry or general
purpose processors is also possible. After LSI manufacture,
utitization of a programmable FPGA (Field Programmable Gate
20  Array) or a reconfigurable processor where connections and
settings of circuit cells within an LSI can be reconfigured is also
possible.
01921 Further, if integrated circuit technology comes out to

replace LSI1’s as a result of the advancement of semiconductor

3
N

technology or a derivative other technology, it is naturally also
possible to carry out function block integration using this
technology. Application of biotechnology is also possible.

[0193] The disclosures of Japanese Patent Application
No.2007-053502, filed on March 2, 2007, Japanese Patent
30 Application No.2007-133545, filed on May 18, 2007, Japanese
Patent Application No.2007-185077, filed on July 13, 2007, and
Japanese Patent Application No.2008-045259, filed on February 26,
2008, including the specifications, drawings and abstracts, are

incorporated herein by reference in their entirety.

Industrial Applicability

(0194} The speech encoding apparatus and speech encoding



30 Furthermore, the present invention is also applicable to a speech encoding apparatus that does
not employs a scalable configuration. [0186] Still further, the above-described embodiments can use
the CELP method as the first layer encoding methodk [0187]The frequency domain transforming
section b bierRhpve Seembed nefts PHpIEMEier by £ T LRET (Disetets fyies ppsiaimy DCT
(Discrete Cosine Transform). MDCT (Modified Discrete Cosine Transform), a subband filter and so on.
43 [018STAFFIGGF 1K AbBVR Ut ibRE dmbBdifehi RRSURE bhedthssighafs! 48 Mctbadd aighals, the
present iwantien ismotlimitedate this aRdniaraxamiles gecsqd_@pggg_nals may be possible as audio
signals. 5[0189]Also, although cases have been described with the above embodiment as examples
where the present invention is configured by hardware, the present invention can also be realized by
software. [0190]Each function block employed in the description of each 100f the aforementioned
embodiments may typically be implemented as an LSI constituted by an integrated circuit. These may
be individual chips or partially or totally contained on a single chip. "LSI" is adopted here but this may
also be referred to as -1C,- "system LSI," "super LSI," or "ultra LSI" depending on differing 15extents
of integration. [0191]Further, the method of circuit integration is not limited to LSI's, and
implementation using dedicated circuitry or general purpose processors is also possible.After LSI
manufacture, utilization of a programmable FPGA (Field Programmable Gate 20 Array) or a
reconfigurable processor where connections and settings of circuit cells within an LSI can be
reconfigured is also possible. [0192]Further, if integrated circuit technology comes out to replace
LSITh as a result of the advancement of semiconductor 95 technology or a derivative other
technology, it is naturally also possible to carry out function block integration using this technology.
Application of biotechnology is also possible. [0193]Thedisclosuresof JapanesePatentApplication



N0.2007-053502, filed on March 2, 2007, Japanese Patent 30 Application N0.2007-133545, filed on
May 18, 2007, Japanese Patent Application No.2007-185077. filed on July 13, 2007, and Japanese
Patent Application N0.2008-045259, filed on Februay 26, 2008, including the specifications, drawings
and abstracts, are incorporated herein by reference in their entirety. 35 44 method according to the
present invention are applicable to a wireless communication terminal apparatus, base station
apparat in a mobile communication system. 45 CLAIMS 1. An decoding apparatus

comprising: Afirst dayed deeodipg seetian thal @ecedesfigst layer 5encoded data acquired by
encoding an input signg,lbto gegerate ai{irst layer decoded signal; a second I:Tryer decoding

section that decode® setbhd 148€r%dnc Séd)%fégacaﬁi?éd By eﬁé’c?otinéiﬁr‘éf)l §ér ertor trandforh

coefficients caltalkhtethby trangfoiming & first layerdemaqr signal 4.p ueprasenting @ difference deetween
the mputﬁllgggllaa tpedférgtol e[ dstalf:golggg ;S|gna_l into a fre_quency domaln, to generate first layer

decoded error transtorm coefficients; a time domain transforming section that transforms the
first layer decoded érrbg tramsiolmcoefidarmnsl ina@ sstrpéidomamalsbeenemiess irshdedadedrerror

signal; agd, ag adder ahat.adds e, first layer deqededisignakand;the figet layer decoded prrgy signal to
generate a decoded signal, wherein the second layer encoded data comprises: first shape encoded

informatibf SEGLIELTOmEEOStois 86oraYpltiFaiity b9 piiddstort fifdishdfe’ GectbF hRRefd®d by

arranging pplisesdat piasitions of af pluealityofteanstosm caefficientsito 3 band thatiacludes aikand
positioneld at a loyer frggt&en@/ than a. %redeter ined fre uengiy of the first layer error transform

§ d%irst 7EbRASTRIN a djmainﬁrsE(éaﬁ‘\eéh%B%E%li fdridation

coefficients’and thatfas s preo%?earmir}ie
acquiredlbyydividieg thé didstestrape veetos fimtora plerality oft swilsands having a predetermined second

bandwidth, calculating target gaing wping,efushahars yectorang the first layer,eLiey fiansfor
30coefficients on the per subband basis, and encoding one gain
first layer decoded error transform coefficients into a time domain

15 to generate a first decoded error signal; and
an adder that adds the first layer decoded signal and the
first layer decoded error signal to generate a decoded signal,
wherein the second layer encoded data comprises:
first shape encoded information acquired from positions
20  of a plurality of pulses of a first shape vector generated by
arranging pulses at positions of a plurality of transform
coefficients to a band that includes a band positioned at a lower
frequency than a predetermined frequency of the first layer error
transform coefficients and that has a predetermined first

bandwidth: and

t2
Lh

first gain encoded information acquired by dividing the

first shape wvector into a plurality of subbands having a
predetermined second bandwidth, calculating target gains using

the first shape vector and the first layer error transform

30 coefficients on the per subband basis, and encoding one gain

vector formed using the plurality of target gains.

2. The decoding apparatus according to claim 1, wherein:
the second layer encoded data includes range selection
35 informatien in which tonalities of a pilurality of ranges formed
using an arbitrary number of the adjacent subbands show the

highest range; and



vector formed using the plurality of target gains. 2. The decoding apparatus according to claim 1,
wherein: the second layer encoded data includes range selection 35 information in which tonalities of a
plurality of ranges formed using an arbitrary numbenegf the adjacent subbands show the highest range:

and 46 the degding ApRaLARUS,f ggqraQ%@pﬁﬁ??%%&e_c%qnl Efrs%effoadi@% 5%32@” ]tggéer

performs decoding processing with'respect to subbands forming a range showed by the ran
selectiorfliffoPriatién fo°§énerhtd Hipst IRy {fecdded 8k ordrighsfdritScoRfidientsy B IThieeddcoriing

apparatus,ace¥ging 4@ slaim 1nyihegein;  ran dhe seeerddayengncqded data ingludes @Bnge, »
selection information in which average energies of a plurality of ranges 10formed using an arbitrary

number SPHRIFBALENE subBandi§ LRdR the Highebt rahgé:Tand € € © 4 &k d&8&88ihg dpAArated fiirther
coniprisesoa $€condAayger decoding section that performs decoding processing with respect to
subbands forming a range showed by the range selection 15information to generate first layer
decoded error transform coefficients. 4. The decoding apparatus according to claim 1, wherein: the
second layer encodéd datkcinclddes rarye aeidetior: 20 infatmegiorpincwhich perceptiual siaighting

energies of a pluraliy, of rangeS [Prmed UsIngAN ARt MRS e adipger sublagads phaw the

highest range; and _the decoding apparatus further comprises a second layer decoding section
that perfofm8 BBEBEIRG pratedhtfWitf respe&5%8 SUBBARdBrRing BiEhled Endwed BY fesrange

sejactionfinfafreatianstongeneraterfirst layer deaaded erer transforan; eaesficients s thendecodingw
apparatuslﬁacci%(,)\,rdigng to claim 1, Whe[jgzin: 30 the second layer encoded data includes range selection
informatibh &

in \t/efgéleggrielag’?‘e of a plurality of ranges formed using an arbitrary number of the

adjacent subbands shewdhke bighegt rapgs, in sach fof & plurality ofi paitied bands éarmed using:an
arbitrary r. Qf th jacent ; 35 the decoding apparatus further comprises
AE‘QW 818% ?eacdﬁ‘g% ﬁ{"g’?aﬂ(??»f%’}qn » Jh cg_cle I?/\%tﬁp RPaLas ] ol tgas froerﬁ’ﬁ)n%ca

second decoding section that performs’decoding processing respect to stibban .
concateri@edsrahfe fofdrhed by ®ontatedatingnge showed by the range selection

15 information to generate first laver decoded error transform

coefficients.

4. The decoding apparatus according to claim 1, wherein:
the second layer encoded data includes range selection
20  information in which perceptual weighting energies of a plurality
of ranges formed wusing an arbitrary number of the adjacent
subbands show the highest range; and
the decoding apparatus further comprises a second laver
decoding section that performs decoding processing with respect
25 to subbands forming a range showed by the range selection
information to generate first laver decoded error transform

coefficients.

5. -The decoding apparatus according to claim 1, wherein:

30 the second layer encoded data includes range selection
information in which average energies of a plurality of ranges
formed using an arbitrary number of the adjacent subbands show
the highest range, in each of a plurality of partial bands formed
using an arbitrary number of the adjacent subbands; and

35 the decoding apparatus further comprises a second
decoding section that performs decoding processing with respect

to subbands forming a concatenated range formed by concatenating



47 each range of the partial bands showed by the range selection information to generate first layer
decoded error transform coefficients. 56.The decoding apparatus according to claim 5, wherein:
a fixed range, which is specified in advance at all tim@s. is selected in at least one of the plurality of

partial b - a e tign i tiQn, i s informatio ing a,range. Qf
partial b%%gégthggt%%ﬁ a6|ct}:rtliizllr%aﬁs§ ﬁqt%g thlgg%% i>§leccnlg ?laﬁétgg.A%degol% ing ?nge%godgc%rf%ﬁ%:

a first layeéy fqecedihgStep o debaingFivst lalerencddeddatadscguited by enteding adnspatsiynal to
generate.g firstilayemiadecoded signal; a second layer decoding step of decoding second layer
encoded data acquired by encoding first layer error transform coefficients calculated by transforming a
first layer error signal representing a difference between the input signal and the first 20layer decoded
sigrfal in®.a frequerity elaieain,dorgenepaie fisstuayarcdecoded grios teansfarnscoefficients : a
time domain transfogmfi[@}c\) ésftjep of transforming the first layer.decaded error transform fpetfﬁcients into a
time domain to generate a irst de€oded error signaﬁ Bha 2ban adaing stepnocf %.d%lna he fllrrgtelastyer
decodedisighal anddkie firstiyeradeceded erfof Bignal torgdnérate & decdded digrmadl wheredn the

second layer encodel data,Gomprisesi ¢ ¢ ¢ ; o first shape,anaadad information acqyired,from pegitions

of a plurality of pulses of a first shape vector generated by 30 arranging pulses at positions of a
plurality 8PtPafdfoEmAcamigientsitd & bard that hitigdésa vamripésiididd at & BVr fredueriditthan a
predeterminedifreguency of the first layer error transform coefficients and that has a predetermined
first bandwidth; and 35first gain encoded information acquired by dividing the first shape vector into a
plurality of subbands having a predetermined second bandwidth, calculating target gains using 48

7. An decoding method comprising:

a first layer decoding step of decoding first layer encoded

data acquired by encoding an input signal to generate a first layer
15 decoded signal;

a second layer decoding step of decoding second layver
encoded data acquired by encoding first layer error transform
coefficients calculated by transforming a first layer error signal
representing a difference between the input signal and the first

20 layer decoded signal into a frequency domain, to generate first
laver decoded error transform coefficients;

a time domain transforming step of transforming the first
layer decoded error transform coefficients into a time domain to
generate a first decoded error signal; and

25 an adding step of adding the first layer decoded signal and
the first layer decoded error signal to generate a decoded signal,
wherein the second layer encoded data comprises:

first shape encoded information acquired from positions
of a plurality of pulses of a first shape vector generated by

30 arranging pulses at positions of a plurality of transform
coefficients to a band that includes a band positioned at a lower
frequency than a predetermined frequency of the first laver error
transform coefficients and that has a predetermined first
bandwidth; and

(WS ]
wh

first gain encoded information acquired by dividing the
first shape vector 1into a plurality of subbands having a

predetermined second bandwidth, calculating target gains using



the first shape vector and thefirst layer error transform coefficients on the per subband basis, and
encoding one gain vector formed using the plurality of target gains.

48
the first shape vector and the first layer error transform

coefficients on the per subband basis, and encoding one gain

vector formed using the plurality of target gains.



