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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 mobilejcommunication system that

speech signals are compressed{@ lowibraigs:to transmit to efficiently
utilize radio wave resources and so on, On the r_hand, it is als
demanded th nggi{%% ﬁgr{é%‘t fh%ﬁoré c‘gﬁpﬁﬁﬁe%h%ﬁf Eiﬁ g)ervice
of high fidelity be realized, and, to meet 15 these demands, it is preferable
tg oot anba prevides quality speech signals but also encode other quality

han-the speech. signals, such as lity audjo signals,of wider
T oo T e h b S Ll B 18 b W paratus
t8AhRTES 4 1y 818 §8 pomisifig ortieB R b AtLdicEdy! 28 démhrdsodes
Thisl techniquéteoimbinessirglayesssthetbase dayercfor greoding input

signals in a form adequate for speech signals at low bit rates and an

egha cementdlagletr for encoding differential signals between input signals
and detoddd sigr]fals of the base layer in a form adequate to other signals
thaf Spdecht Tie teemrigde &f 25 perfoprhing |ayraa EbHiid iiathisYpagm that
haye«aharacietistics ofc providing: sealabilisy inobit ditleamstacquivedfia®mit to

AeNERAing, aPRFLAS, JAab IS, acquiing, decded SIgNalS Fom RYLOf o o ¢her

information of bit streams, and, therefore, |s‘9en_erally referred to as

_ th

“8edigbld TAding (RyLratrdstifg) i 3b fotldf Y hErREPAE ESdindt sRéhs call
capefexiblyslppdrt semrumicdtibn ddethider] retviorkseefl varyingabit ratesmeet
tharks tQ its, Lhasacteristics..31d  690SEAULNMIY 43 pdaauate fof @fili¥espeech

network enyirpnment where yarioys networks.will be integrated by .the IP
R o o A T B e AT h RS F Ry e Kpecen

Q884§ -a S techriigue T rdalizing stalapradsdidy Hsty the tkhnique

thatde 3standanigizedelayh MiREEE-4o Moiiing BietlinegExperid €xrolipphade-4pding
Ztechniques in layers is promising for these two contradictory
demands. This technique combines in layers the base laver for
encoding input signals in aform adequate for speech signals at low
bit rates and an enhancement layer 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
performing layered coding in this way have characteristics of
providing scalability in bit streams acquired from an encoding
apparatus, that 1is, acquiring decoded signals from part of
information of bit streams, and, therefore, is generally referred to
as “scalable coding (layvered coding}.”

r0004] The scalable coding scheme can flexibly support
communication between networks of varving 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).

[0005] For example, Non-Patent Documeni 1 discloses a
technigue of realizing scalable coding using the technique that is

standardized by MPEG-4 {(Moving Picture Experts Group phase-4).
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This technique uses CELP (Code Excited Linear Prediction) coding
adequate to speech signals, in the base layer, and uses transform coding
such as AAC (Advanced Audio Coder) and TwinVQ (Transform Domain
Weighted Interleave Vector Quantization) with 5 respect to residual
signals subtracting base layer decoded gignal from original signal, in the

ephancement laver, {QQ08EFusther, ta.flexibly senparta Netarke tion) coding
eagilronment in which transmission sp(ztfd ynamllcall quctLéates due to
h

BOVAL SHbtwEBA ifterd B tpes b nethorRs and e véditrehce ot T S 10T ™
condéstions sealabie edcd@ing(df swralicsitratd séafes Reads o rnd TwinVQ
realized apsmapcardinglyweegdsde ha configuredviay: psevigingn muliglen) with
layers.qflower bit rates. [Q9Q 7] Patgnt, Pocument, 1 and Patent DO g na)
2 |s%ieose_a_ technique of transform encoding of transforming a signal
WA i€ 18 kha et i bilehREdel Arthe HeqhdddF domain and
ehcodihy the vesilting fregiiency domaip signal alnrsuchdrdnséonmronment in
eReAding:; first-AR SNET9YRANIPAReR| AfTeduancy demainsignah hahdover
Is, gain (|.e.$c efacg;or)tls calculaitedn%rt\d ggggtlzg%n &%ero%ucbubraré%ce of
basis, and a fihe Péf)?rrllpone"n? of thé above‘?[requency domain signal,
tieattig estiapa veetora s eatcitRtdingh @ fudntizéd L NoatPatént Phdlmsdst to be
1; ¢AlliabdutaMP EG o4 o WritiesT andnedited day SukeichifiMickdbedigstproviding
egiﬂqpi,éﬁggyfp Ghosakai Publishing,, 1ag., September 30, 1998, page 126
to 127 Patent Document 1° Japanese Translation of PCT Application . 25
LRI BhEn N6 H0b6-Bs7 Bhtert DOhinteht™? Uapafddd Phtent disclose a
Appiication d aid-Open f NorHEl%-2618@0didcloss fe ohtresiiventon Bovhich is
Problems:ta he Seivakbythe Inyention {09A8Heweysra wheR W coding the
sugcessive pramelcrs g quanized, n,prden i pajameter ks codin
quan‘tllzed1 fatet id infliénced y the q%lan ization distortion &t e .g’
phiaftet8 RIS LUSRPRP BSMEr© hddihederbre i memetnto §aBg! - that is,
incieased quantizdttonfdistortioni s35cEherdfote dtherslis qugeneratd on a per
tenAgngy sha, iy ransiormengoping, disglosed in BatentDacymeant £2Qdency
Patent Documen} 2 for quantlﬁlggea‘gam and ,sh%%? vector in order

Sﬁlgﬁga\}&%%%o\,\}%at is, s ector, 1s culated 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
Laid-Open No.2006-513457
Patent Document 2: Japanese Patent Application Laid-Open

No.HEL7-261800

Disclosure of the Invention

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 is inclined to show increased quantization distortion.
Therefore, there is 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
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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 characteristics that 5 multiple peak shapes are
observed. This problem becomes more listinct when a lower bit rate is

implemeniqd |[9008] 1415 Sherelore AN ohied 8f Ihe RIeaentinge r}té%{l} Qent the

provide an encoding apparatus and encoding method for accurate e
ehEbliY the dectal shpER%f sigrald ‘of 8F6R] t8haty SULh &S 1yienificant
vowelst vhat 44 sthe spectral shapes of sigrialschaviag sppectrl strong tonality
Cbﬁf_apkﬁsri&tiﬁ& &hg@ mmti?ie,p%@ﬁpﬁmr% gpla@?yacaflaaﬂagnm@yimlibe that
ality. of dec ignals such as the soun ity of deco signals.

o S S8 B T e A STl 9 more
abLdrHifg Hf’é‘p?eg%ﬁ%e nbehtict &nhploTsPa CBsfigdhtion which

inclades: a Hase daydre enbodingasectivpethat eficotles andaputsigmabtotion to

agayirease layer, §neederatai &Pasa layi.deeding SeCHOR Ak curately

decodgs e fiase 20 ayer chcoded data (o agquire & base layer dacoded i as
S|gna(i’; and an’ erfancemen Ia?er e?lco%fiﬁg Rettion that BAcodesga Y "

residual sighlak represtehtingredifferbnteditweef thegnpls siyhai aad thectral
bage r lyerdeended gignal e baguice gnhancementlayerencoded daéd, and

a0 yygh theLohaneameptJaver £NFAFIng SeCgn has 820 ANAIRY yatity
section that divides the residual signal into a plurality of subbands; a firs
shapteretsdentdBIG section that encodes the plurality of subbands to

acquire first shape encoded information, and that calculates target gains

ohihe plurlityf sublRaRds: & g cygctor forming section that forms one

gaj tor using the 30 plurality of target gains; and g gain vector

SRS Sectionhat "S DS P SAAEtor 16 BLb etk Gaih e Present
ehtB8ed inforfiafdny J0B1F|°THE Bhtdting ntebHsd attoldihgsto thebase layer
peasend inveréeni includes edividingstranstopm coefficiénts acquited Myse fayer

UARSIOETING A7 Inpul SIQNaL 1.3 THEQUENGY.AOMAIN, 111G, PRIRIBY Of 3R e base

subbands; gncod"ln transform coefficients of the plurality of subbands to
aﬁa&ﬁé first 8R&ge %%E%d@d%ﬁfbﬁﬁaﬁi&n YhF cA¥Ghthy Brg&t garkads and an
thenfransforne oddffigientsrofede g section that encodes a residual signal

representing a difference between the input signal and the base
layer decoded signal, to acquire enhancement layer encoded data,
and in which the enhancement layer encoding section has: a
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
plurality of target gains; and a gain vector encoding section that
encodes the gain vector to acquire first gain encoded information.
{0011] 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
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
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plurality of subbands; forming one gain vector using the plurality of target
gains; and encoding the gain vector to acquire first gain encoded
information. 5 Advantageous Effects of Invention [0012] The present
invention can more accurately encode the spectral shapes of signals of
strong tonality such as vowels, that is, the spectral shapes of signals

having Shectal chatagiaristies that, myliele Reak,shanes & ?n%b‘%ﬁ@/%!q’ur ality
and improve the quality of 10 decoded signals such as the sound quality .
of Hd@dd&d sighars. BiirBESidtor bt Brlings THOTIPFIC 4N & Bigy &21n
déagradeshowidieg thiet main configuration 15 of a speech encoding

apparatus according to Embodiment 1 of the present invention; FIG.2 is a

block diagram showing the canfiguration inside a second layer encoding
sécfsti‘f)?lng%cgoerai‘ﬁsg t%/oplégrﬁlg%dﬁ’r%nejr%‘ff 3; the present invention; 20 FIG.3 is a

flbhthad shbivingPstepndf $8e6rd 18yercaAcdBMEF protedsid Iy thigrcode the
sependrlayehenpcodin) seaiinis adcording:to amabodimenrthlof thevpsésenbat is,

Inyenuon, fiG 14 i 2Rlockdiagram shoyng %hQBC@&F&W%tM SIS &ics that
shape vector encoding section according tg Embodiment 1 of t&? 25 L c
p?é&%ﬁ%?xeﬁﬁ&iﬁ 58S a®iBeR bisdraft shBiting B cofightatsh @ity ©
inbide dhd gdipnadetorsfohmingtdection adcardirdtto EmBediorent 5 of thes-
present invention; FIG.6 illustrates in detail the operation of a target gain

3Q airrrimgin% segtion acco ;,nthlo Embodiment 1 of the present invention;
FI

d? cripLion o d H%S . . . . .
.7 1s a block'diagram showing the configuration inside a gain vector

eh%dif’\é section according to Embodiment 1 of the present invention; 35
FIG.8 is a Hlack diagranbshowinlj 4he main iconfiguration okamspeechiguration

dggogling @pmr@%@ﬁqurdmﬁp% EraRodimeniylAf the Preseatiavwention, r the
5 FIG.9is a block diagram showing the configuration inside
present invention;

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

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
present invention;

FIG.5 is a block diagram showing the configuration inside
the gain vector forming section according to Embodiment 1 of the
present invention;

FI1G.6 illustrates in detail the operation of a target gain
arranging section according to Embodiment 1 of the present
invention;

FIG.7 is a block diagram showing the configuration inside
a gain vector encoding section according to Embodiment 1 of the
present invention;

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

present invention;
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a second layer decoding section according to Embodiment 1 of the

present invention; FIG.10 illustrates a shape vector codebook according to

5 Embodiment 2 of the present invention; FIG. 11 illustrates multiple

shape vector candidates included in the shape vector codebook

according to Embodiment 2 of the presgnt invention; FIG.12 is a block
diagram shawing the cqnfigyration LQnside the seend JaueLengoding insi de
section according to Embodiment "3 of the present invention; EIG 13

ifuSFrafddrige Selscil Blocedsingins FAndd ek Badiapent 1 of the

aocording to Embodiment 3 of the present invention; 15 FIG.14 is a block
diagram showingdheieenfigiration inside the.sesenddavarAecodindh rding to
section Asgording lo-Embodiment, 3, gf,hie present invention; FIG. 15

shows a variation of the ra?‘uge sSelecting Sectiori according to Embodiment

3 of the prédeftidventibhs ‘Z@Fﬁ@.lﬁlé‘ﬁéWéﬁ varetivh of's faAge candidates

selettidg inethod éns theprange: setectinty: deciibraacearding tocdEfddikhianent 2

3o {he presentinvention:f;1G.17 is a block diagram showing a variation

of the configuration of the rapge selecting sectign according to 25 )
Embodimeﬂ%%‘&fghe1 f)re%ehlpﬁw%nt?dﬁ;glf@msi (dstratés ﬁg\% r§Qgdiguration
inforrdatibhdssformed irther rangednformatdhoforming séctientacEording iment
to EMhoadingert3 of the present invention; FIG.19 illustrates the operation

of a variation f?.3fll‘1$h I’;;Q,tlraé/_teerserrog1 tran:g,folr&r:r(l; {:oefflmentcgggeratln

. 9
section according to Embo iment 3 c%fetheepresérrmlt%n\%r?tlon; FiG20 & 780

sHoleg Y V&riatiphtoe me?&ﬁaé%ié@ctiﬁ@ n?e‘fh%ﬂqrﬁmcﬁétraﬁge%%le‘&mg present
section taogording to Embodiment 3 of the present invention; 35 FIG.21

shows a vaiggion.of fhe range,selecting,methodiin the fange selesting uration
SEelon.agcording 1o FIisRq et of the. PSSt INVEIION: 8o Bmbodiment
3 of the present invention;

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

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 is a block diagram showing a variation of the
configuration of the range selecting section according to
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 illustrates the operation of a variation of a first
layer 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;

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

present invention;



1o

15

20

25

30

35

FIG.22 is a block diagram showing the configuration inside the second
layer encoding section according to Embodiment 4 of the present
invention; FIG.23 is a block diagram showing the main configuration 5 of
the speech encoding apparatus according to Embodiment 5 of the
present invention; FIG.24 is a block diagram showing the main

configuratign dnside the firsf jaygr epcpging secin,ageording Qo figuration

Embodiment 5 of the present invention; 10 FIG.25 is ablock diagram™ .
sty the Man? BonfiliFfdtion SIS fitst Byt by et © diment
atoofdihg tprEmodimentS i ofithe present invention; FIG.26 is a block
diagram sflﬂwjn% $hey raaEm g@gﬁm@t}éa@; qgﬁh?w%e@fﬂed%p@mngo n lf:i gurs tion
a atus accarding to, Embodiment 5 of the resent inyention;
e L R YR RIS tne
entoHig appyarati8 ccording to Embodiment 6 of the present invention;
FIG.28 is arhlack diagrarh ishdwidig: thes madm cenfigyretiorm 20rot thefiguration

spesddacoding @ﬁa%f@%u{;sr@&s:@miggs@c EmRodirnenti6.0f the pEeseRt ment 5

invention, FIG.29 is a block diagram showing the main configuration of
19 dP3Se B SHEbLiINY &iaArdtus according to Embodiment 7 of the .
present invehioh$ 28 FIG.Boxiludirages prodessing oft sélarting therdigjeration

whighd is the targat 1o beeaceded iy encoding proeesgingdn the speeehment 5
en o[qllin apparatus accqrding to Embodiment 7 of the present invention;
FIG B2 block diagiansh

3lisa I{}ﬁfam showing the main configuration 30 of the

speech ded0ding Gipatatls akcOidinte®d BMpadifeit? shiHe prisbiuration
invienbiors iHd &c B2dkustrbtes a caseavheredhe tdiget te bémehoddedeist 5 of the
sglected from tange gandidates arranged at equal intervals, in encoding

processing,l Jng specenaneading. apearaiis Aeordind 0 &5 contiguration

Embodime hesp?es Af hvention: ant ustratés’a cade
whiid thenarget RIIse dheederingT sblecrerorhi rehde candieldigsent 6 of the
aprangedk atreouad istervals, in

FIG.28 is a block diagram showing the main configuration
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;

FIG.30 illustrates 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
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
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
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7 encoding processing in the speech encoding apparatus according to
Embodiment 7 of the present invention. Best Mode for Carrying Out the
Invention 5 [0014] Hereinafter, embodiments of the present invention will
be explained in detail with reference to the accompanying drawings. A
speech encoding apparatus/speech deceding apparatus will be used as

a&%aam le h?]! £057634NG, %Féar U8l q?%f\dé%% %‘EE’EEa%%%‘E; AGEOTANG Qi g 1o

he present invention to explain be ow. 10 [0015 odiment 1) FIG.1is
a%b‘t%ddﬁgﬂrafn SHoWiRG the &t cohfigliFafidn of speech encoding

apparatus 100 according to Embodiment 1 of the present invention. An
example will besexplainsd M@Qﬁ%{h& SPpe’cheRneQading apparatus and
S éaéefg ﬂec&o%mgl p%ratus 1 cordlr}% tgthigresent embodlm(tapg11 will be

ploy-a sca able” con |gjura 01 Of ayers. res?ﬁe frs¥?a
c%ﬁgﬂiﬂ}t’éi%dthé e idy st idRdhEr s68615d 1ay sk eonsHER AR N g drawin gs.

enhapeement dayefi §Q016] dn FE 1/ speech edcodihpnapparatus: 100 Rasll be
frequency 29 domaip fransforming seqtan 104, st Jayeq epsading Spparatus

section 102, first layer decoding section 103, subtractor 104 second layer
ehedRiry Réctivrt &55"5&3 PRI ;S’I&l?lbl 88cfiBn°1os. LA} lgrgq uency
ddhidif krarisforining sectibnl 101 transforms a time domain input signal

into a frequensydeMaiNSigPR!, EiRG: rdOYPHILEiNE ASUNNG WK figuration
tra sform oeff|C|e ts to first Ia}(e{ en?%(%ing sectl n 10 ngq btractor
0 Ing

104. S[BBfé First |8yeP§n€8&n section (E)Ce(r)ff)rms endoding C o ment 1 of

prBEe8dingtRithiftSpREL 88 the ThPut ARSI Fm KbBiBR M RbtEIveY fHdmre the
fregienty domaid itransfempingasectiorn 101, apd 30outputsothénresultingaratus

figstJayqr gpcoded data to first layer degoding Seation 103,384 2 scalable
multiplexin sectlon 106. [ 019 First Igyer ﬁecodln% s{ectlon 1 3$erforms
F%r a

d2RBdMt Procesiy Using! tefifst lay et dRESdet Hatd Tebdibd rSmiiE e
|y érﬂ?@dlh@Y%ctRmdl@B cand ourdutsrther resultind firse sayére 3snhancement
decpéed transform coefficients to subtractor 104. [0020] Subtractor 104

SHB’H?‘%t? the,firgt @yer d Cof?ceﬂl HANSATD CQGTHGENS ee¥ed P Sk e ncy
layer decoding sectioni 1

omain transforming section 101, first layer encoding section 102,
first layer decoding section 103, subtractor 104, second layer
encoding section 105 and multiplexing section 106.

{00171 Frequency domain transforming section 101 transforms a
time domain input signal into a frequency domain signal, and
outputs 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 frequency domain transforming section 101, and
outputs the resulting first laver 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
decoded transform coefficients to subtractor 104,

[0020] Subtractor 104 subtracts the first laver decoded transform

coefficients received from first layer decoding section 103, from
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8 the input transform coefficients received from frequency domain
transforming section 101, and outputs the resulting first layer error
transform coefficients to second layer encoding section 105. [0021]
Second layer encoding section 105 performs encoding 5 processing with
respect to the first layer error transform goefficients received from

SHP%T??E@% 104..3nq ouipulg 1he; tesyliing second jayer, gnaaded, Qﬁiagtoq omain
multiplexing section 106. Further, second layer encoding section 105 will

b HBSERBBA e diraiiater. {0 f0672] MUiBIRKing BBchish 1de Hultibiekes? Yo T
tke first {ayes fenoodededéita received fronvfirdt layerencodihgneestion it 1 05.

angl they seapndylaven gneadeadh dataireceiviedfrom second dayer encogind ding
sectign 105, and oufputs (e resulfing B Strqam fo IAISMISSION ¢, form
cRahnRér 1§%00§‘@‘] IG.fléja(blioc diagram s owingatﬁe configuration

inst@d [selcond layerentsding sedtiors 105" §0624] In ﬁﬂs.z,aéé%orﬂjll‘d%‘r's the
encodingnsectian 105 has:subband daorming section 15}, shape vectaton 106.

eRGQAING, SeLHoN P2, JAIp YRCIOL fQrming Se6Hon $33.,8aH0 ¥eCW@Escribed in
encoding, section 154 and 20 multiplexing section 155. [0025] Subband

forhlivlg d&dfidn 151 divides the first layer error transform coefficients
redeived fronvisubirictel 184, satg M osubbénds,udmtrdatputs tieeresultinglayer

M suhland ransfeun. coefficients teishapm vestos eneading seetioBnl5202 and

:ﬁ{e’ when gq the first Iaéldgre error transform cg%f}‘igients are (riepgeséq,nted

. d‘
eel(ﬁf,cﬂfle mh ‘subban trans?cgrami coefficients e mﬁf)c(\(/)v ere O~ mf~ coding

M-2§ Hierdifté setitda By oMbVt etitidh s (2] bh! )3 2 ditkd B@ymission
(Equation 1) (0<k<F(m+1)-F(m)) 30 [0026] In equation 1, F(m) represents

the feqyendy; . thes boyndasy i eachsubband ngnthibe (latienshin 8h inside
0<Fé10)< (il <...<F(M)<FH holds. Hereg)gy represents the highest
f

fraghieAdy GRRE firkt Pt SF o coefficients, and m assumes
ahlftedér ofodmaMi 1 second layer encoding section 105 has subband

forming section 151, shape vector encoding section 152, gain
vector forming section 153, gain vector encoding section 154 and
multiplexing section 155.

[0025} Subband forming section 151 divides the first layer error
transform coefficients received from subtracter 104, into M
subbands, and owutputs the resulting M subband transform
coefficients to shape vector encoding section 152, Here, when
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)
(0Lk<F(m+1)~F(m))

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

[0027] Shape vector encoding section 152 performs shape vector
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35 [0027] Shape vector encoding section 152 performs shape vector 9
guantization with respect to the M subband transform coefficients
sequentially received from subband forming section 151, to generate
shape encoded information of the M subbands and calculates target
gains of the M subband transform coeffigients. 5 Shape vector encoding

S(?&g(ﬁrt' 1Jz51% i%q'}%tlst ﬁh?eg;s%@t%i %ﬁ aPgr @Ql%gd' n@(%@ﬂ"@ﬂﬁoc oefficients

multiplexing section 155, and outputs the target gains to gain vector

ORfRGSAEtion 163° Futiier, SitdBe VBRI BRcodiAg &BEtoRCIE2I Be 1> 1
desurbetein dktaiklatenc [0D28] Galy vactor dormirly séctioM158ubhmg ds  and
o1’ GdaiIhV%t% E-Qewizt@athﬁsl\ﬂotﬁrg@ta S&m heoeived o shane \eetaticients.
oding. section 152, and outputs this gain vector to gain vector
S Eaing BE it G B e e fe St B O g shere
deReAlsd in HEtamates Mot ot BHiPVE& Bricttingsdciion 254 outputs the
perferims yeoter td5 gaantizationrusingnthe gair vector ieckived fisom gainshape
veelor, forpindsssetian 83 asis target vajueand,Quipytsdhesesylting e r.
gﬁérég%%ode(g mformat%on t%Dmultlg_lexmﬁg tsgeocgc_)n 5‘[?5f Further, al_lna\é(;,;ctgf3 ctor
ehcoding setfidh 154 Wil be’d8sctibedin életallllater. Té&éb]‘ﬁu tlﬁlexmg
seatibn 156 Mltipleres thee shape ercoded 20 informatipa received frohsoding
shapei yactos eneading sestion 1b2sapdi gainencoded HHoimadiotor encoding
reeRIYEg frgm gainy ﬁ‘?&??cggm SECton 1ad-and.outpus ihe resultipg; .
bit stream as second layer encoded data to multiplexing section 106
[OF3 RS & &hohid aificViéRart showing steps of second layer 25
eh¢6ding pro€essingiinsecond teyed ergoding Sectiorl $85. {0032]rRirst, irector
stppathereinafier, ablgviaied 85,197 1010y subhand formigg.section vector
151 divides the first quseg error tr?nsfor{'n C efficienta intotM sub%agd&tso ltin
forrh M 8EbBARE Fansform® dobficishts. SY@T&?BBT' ext, lilr]}?sullio o} nitine
séeoRd tayerdattoding Weeibnmd® iRtdhizeds0BbaRE dounteP i thaturther,
caunts sebbands; o d04 ¢[GR34] Next,sin ST 1080, shapeiveciorerdeadiiglater.
SEEUAD 102 \PEFAUTE AP REHY Opplng I GSPECLIRANEHTHD encoded

subband transform coeffiCients to generate the m-th subband shape
ehtbUER 35 fHiokbtioh" dnd’geRet iR M SUBBSRE trhsiGfm o0 152 and

coefficieptsoded information received from gain vector encoding

section 154, and outputs the resulting bit stream as second layer
encoded data to muliiplexing section 106.

[0031] FIG.3 shows a flowchart showing steps of second layer
encoding processing in second layer encoding section 1035.

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

[0033] Next, in ST 1020, second layer encoding section 1035
initializes a subband counter m that counts subbands, to “0.7
[0034] Next, in ST 1030, shape vector encoding section 152
performs shape vector encoding with respect to the m-th subband
transform coefficients to generate the m-th subband shape encoded
information and generate the m-th subband transform coefficients
target gain.

[0035] Next, in ST 1040, second layer encoding section 105
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target gain. [0035] Next, in ST 1040, second layer encoding section 105
10 increments the subband counter m by one. [0036] Next, in ST 1050,
second layer encoding section 105 decides whether or not m<M holds.
[0037] In ST 1050, when deciding that m< M holds (ST 1050: 5 "YES"),
second layer encoding section 105 retufgs the processing step to ST

1039 J0Q3R1 By contrast.wigh Hig . T 830, yhen deciding that m<M

does not hold (ST1050: "NO"), gain vector forming section 153 forms one
i Getor Deiid Mtarget ghihain ST 1086, 10 10039 Nex ST 10767 109
gaére véetormenettingoseoticnid 5M peefbtins vector quantization using the

gpin veqtor farmed in@si vertar faraming section 15 asA Wasgekvalse ta 050
ge te gain _encoded information. [0040] .Next, in. ST 1080, multiplexing, .
CEion Do LS Lo A BAcSSE o B G e Ehsine
shiige YR ctor dfctidling section 152 and gain encoded information

gEheBated il gainovectos t endotlinghsection 154, [DD4 ] FGudrs adlddkng that

diggrgmyshawing: th eanfigyralian inside) shape, yecl RGORINGSELH0N ction
125 29 [00421)|n FIG,4, shape vector e coctiln section 152 hgsrs?%%%
vedtdreddebobks 81 1 BrdSELaFrdlating MIcAERG &8dficn 322, '

alfd-tBrrelafttrrdalculating séétich. 523, igearctihgrsettion $2ue and targar 154
gpit ealculating: seetipn 5452 0043] Sbape vactor codekaeak 2L siees Bn gain
plural of shapg, gfgto{ e%f"}%%” di%aste%dﬁepar esepyng g shapg,ofIhe firgh . gain
layer error transform coefficients, and outputs Shape vector candidates
ségaedrdhy 1 2ergadiGitrelation calculating section 522 and

alid-¢6rrelalien tcaleuléting 8&dtiom523 ilpdsed vp & eonitral signalmultiplexes

regeiyed frapy, $earching SReON 24 FUrthersggnerally plhele i@ £agg8 oding

where, 39 8 shape yector codebaok adapts mads of actually SeeUlind i vector
storing °Spade and stoting shapeé Vectdr candidatés fand there are Casés

where distipse veasr tddebook forms shape vector candidates

accoling torpredetermined i otessingstaps wihdateheases fitgarAdion inside
NERaFSAY0:3ctually SAGHIeSRrNgLSpaee- Although any one

[0042] 1In FI1G.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 525.

[0043] Shape vector codebook 521 stores a plural of shape vector
candidates representing the shape of the first layer error transform
coefficients, and outputs shape vector candidates seguentially to
cross-correlation calculating section 522 and auto-correlation
calculating section 523 based on a control signal received from
searching section 524. Further, generally, there are cases where
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
of the shape vector codebooks may be used in the presént
embodiment, the present embodiment will be explained below

assuming that shape vector codebook 521 storing shape vector
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embodiment, the present embodiment will be explained below 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 sigred in shape vector codebook

e 5 feRIESeNNed,AS Gl K ridere. i reprgsanisdhe kel glementof aipe i.in

plurality of elements 5 forming a shape vector c%ndldate 0044]

CIABCOHAAONEHIUIERAY J8ctiSif 5B2VEACuRteS TRE Scrogs 'Wirddfidhd 2 e
cuor(iy betweeh the nvtrsabbard tlansforh2doefficients reteMad fram c(i.k).
subbandiforping seation 4l andithe kHhshapervecton candientesf elements
rgcelved from hape vectar codela)o k10 521, according to following
uatlon% an oput Ufs the cross correlatlon ccor(i) to searching section
d?zpéﬁd tar§ee§Air wem&ﬁﬁ@ seelioh sssn R AR 3 cadipylates the
e, Kic(iclyrr e(Reuation 29 rkED 15e[0046h Autoecarretationddienldtingansform

5@&@@?;5?§n%'c%%t§§vt98 artoscarrelation agge) of dhe ShARG VEGPr and the
can (% lgff received er sha vector c?deboo 521, accordlng 8eb00 K
{

o1 |F\ a@ S, §ﬁad18 it dotrtation ac?or(ly ¥ 525rER

s&gfion H9oand targe? g&ir ’cQaYCL#&m@%E@tWS?S 20 8] ‘P{rﬁth(r‘rﬂq CTOSS
acoF(i} FaZi 66 K)2c o {EqUations)a kei[0P46]c3easchingrsectian 534 rget  gain
calg ulaﬁ%§ap%ongg%%%n H yepresented by following equation 4 using the
cross-correlation ccor(i) received from cross-correlation calculating

setlion 522 25 and the auto-correlation acor(i) received from

auto-correlation calculdtitig$&ttion 5 utput trol signal to
shape vector E6der ?b(i)ok 5££Jntl|€til n3ax£1k valu &futrﬁr{e con?J |f)ution
AE fgg d earchln f:tlon 524 0[1;] gytsi\gre%lnsdeeéml osfige ahlacqﬁates the

ciorc ate O?W E%h(i‘ COI’ﬁI’I aximizes, as )
auto- correiatlon acor(l) 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 searching

section 524 and target gain calculating section 525.

[3]

Fim+)—F{m)-1
acor(i) = Z e(i,k) ... (Equation 3)
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
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,y of the
shape vector candidate of when the contribution A maximizes, as
an optimal index, to target gain calculating section 525, and
outputs the index 1i,p, as shape encoded information to

multiplexing section 155,

[4]
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30 an optimal index, to target gain calculating section 525, and outputs
the index i01, as shape encoded information to multiplexing section 155.
[4] 12 A ccor(iY (Equation 4) acor(i) [0047] Target gain calculating
section 525 calculates the target gain according to following equation 5
using the cross-correlation ccor(i) receiyed from cross-correlation
calculating section 522, 5 the auto-correlation acor(i) received from
auto-correlation calculating sesti@yt 523 and the optimal index iort
received from searching%%cyg& 4,-and bapatdtRistthrget gain to gain
vector forming section 153. [5] ccor(iop,) 10 gain= ... (Equation 5)

aﬁ@@(«l@% ) [9Q48LF16a3:is ablockdiagra shwingihe conflawatioNhe target

inside aggérg)v ctor fOI’I’?quq section 153. [0049kln FIG.StQaiQ vector

f§r%ﬁfﬁg s&&fion rfl%é fhas aPrgﬁél feh %olscitli‘lo_n dlestlel%%inlneg s%%%isohcgﬁe tation
ameetarget i | 15hridnging seeton T32 10050 Ardrybiienepssitibipn 522,
determining seectipnl b8ilohas aceeunter thateissiimes+0mAas anipitigbrrelation

_V@LL{%QP%?@E@%%@@@309rﬂae ﬁpyns%r&mm%@%%timstart@eg%gainfmm

is received from shape vector encoding section 152 and, when the value

of e SO EHUTRES TBHCRES theRbtdl hubHber BrsSubBahtl Rf etttz aIues 10!
ofv the ggunterti® zetd dgain. Here, M is also the vector length of a gain
vegtor formed in gain vector forming section 153, and processing in the
counter provided in arrangement position determining section 531 equals
dividing the value on the counterZ5 by the vector length of the gain vector

and finding its remaindgﬁmfhmvame(g‘rﬁfh%tb%ﬁn?ér assumes an
integer between "0" and "M-1." Eaéfi time the value on the counter is

upgla aFaRgement RSN IErIHNINY SREHN AL RIS NRion inside
uggiaftleve\éa%wf ?Qrtrg? ri:gousn(_)t(g{ia})snarirglggement information to target gain
[0049] In FIG.5, gain vector forming section 153 has
arrangement pogsition determining section 531 and target gain
arranging section 532,

{0050] " Arrangement position determining section 531 has a
counter that assumes “0” 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
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 153, and
processing in the counter provided in arrangement position
determining section 531 equals dividing the value on the counter
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.” 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
arranging section 332.

[6051] Target gain arranging section 532 has M buffers that
assume “07 as an initial value and a switch that arranges the target

gain received from shape vector encoding section 152, in each
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30 arranging section 532. [0051] Target gain arranging section 532 has M
buffers that assume "0" as an initial value and a switch that arranges the
target gain received from shape vector encoding section 152, in each 13
buffer, and this switch arranges the target gain received from shape

vector encoding section 152, in a bufferjthat is assigned as a number the

viglug Shown By Arangement i@?{m@(igg\ reeeived fom ATangeeNted from
position determining section 531. 5 } 52] FIG.6 ill ftrat s the operation

[

oﬁ‘llﬁ%’étvgeﬁiﬁodrr%%bﬂﬁdg‘%&ocﬁw ™ dethl. TOB% il FiG 5l i sned as a
aramgemeheinfetmatidroinputtedanttreg switoht shows M0t itha terged gaih from
is Arsangsed dn the Orthibuffarcandn yéﬁha@hageangsm@mnformation shows
"M:-1."the target gain.is 10 arranged in the (M-1)-th buffer. When tar .
s S op e L b BFhangineg
otRpits & gdin Vedsitfdimed with the target gains arranged in M buffers,

t) aks vectar éricadingvsiectiontad 0064 FIG.Voisradilock diagraned in the

showing thecoufigyration ingide. (15.03in yectos #Peadingd:3eCHomLB4fer and,
[0055] In FIG.7, gain vectogencogln seéétlon 154 ag gair vett:tor .

cOdebok 541 &L ThidtAting B n T Ghd S8arching SecfibRBag? ™ 1
[B0561 &adh \iectbe cotetddokisdh Efsres a Wibedt dfegéintveetoys 2ore arranged

candidates;raRrasenting & gai yeatar apdqutpdts: the gasevesiobuts a gain

ggggﬁa}tﬁ%?ﬁ%ﬂﬂ%{ R%%W%g%'@tg@ﬁiﬂg_%%ti%%éﬁ% Pazed@rNe 1o gain

signal received from searching section 543" Further, generally,
tiéretare Taead iffert?§ &M Jedtor codebook adopts mode of actually
skeiAg stdting. Space ard stodnggaimvector 26 ahdidates] gmdathieone inside

agg cRsesWhere A gain\eGtor Gedelaak forms gain vector candidates
apegiding to predetermined, processing sieps Jn the ater casesbispot o,
necessary to ‘actually sedifre storing space. Al o@gh any one of the gain &
vEetrcdodelsdiaakiay bb USEWPN tHd préaéht BnisSdiment 4Remdp! searching

present embicliment will be explained below assuming that gain vector
cPpigRRgk ST, sforing. gain ¥es1as candidates shown n fiG-£1 18 ProYided e cior
Hereinatter, the j-th gain vector candidate of the )
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
candidates, and there are cases where a gain vector codebook
forms gain vector candidates according to predetermined
processing steps. In the later cases, it is not necessary to
actually secure storing space. Although any one of the gain
vector codebooks may be used in the present embodiment, the
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
plural of gain vector candidates stored in gain vector codebook
541, is represented as g(j.m). Here, m represents the m-th
clement of M elements forming a gain vector candidate.

[00657] Error calculating section 542 calculates the error E(j)

according to following equation 6 using the gain vector received
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plural of gain vector candidates stored in gain vector codebook 541, is
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 14 from gain vectggforming section 153 and the gain

VB candidate. peceived:iam gain vearercodabnok pdl, and.QUIDULS, 4 date
the error E to searching section 543. [6] M-I 5 E(J)(g'(M)-g

(ERfiatbhe) 10658 ey 641i8A %%“’Féb? eritd trie? BBéﬁa%ﬁji%’eFféﬁd E()
g(niy reprieeats ecgaimvedtdr received from gain vector forming section
1534 [0059] Searching section 543 outputs a control signal to gain 10
vector codebook 541 ungil;the minimum value of the error E(j) received
from error calcula@ifod seEiogv(iA;Z—i%r(qu}fsea[cI@gsltpgt {be ipdex opt of
when the error E(j) is mimimized, and outputs the index opt as gain

elncosied informatjora téanultiplexing sectionnks5.1 JROGO| Fi@Biismulbddck:, and
d%lg'fﬁm sbpwdag the main gonfiguration. Le of é@eﬁ%ﬁzﬂé%q}”%‘?&%qr%ﬁmn g

accor to the present embodiment. [0061] In FIG.8, speech

osecodl?@ gpgpgaratus 200 has demultiplexing section 201, first layer
detdethy séctiore20n g seeohilayértdecoding section 208,dddée 204, to gain
switehing seetien 2@ 2051 timgdomain thansfermingseations306 ndpest E(j)
fiter 20/ 4199621 Remy '-ﬂ“@%%'”%%‘?“ on 204 glem Léhtip‘ex?s e biLgueam s ¢o,

transmitted from speech encoding apparatus 1 rough a transmission

chiddid ol tre firktidye? dhcoatcdatilahd %é%ﬁa%%? ercgled Hags the
anddeutputs the firstlayrer @eheddied dataaand 25 sha sétgrid kayer encoded 155.

d?é@ wfirst taygrgecogding seetign.292 nand: 38¢ongd |ﬁ¥@r1{¥§§9déﬁﬂx f1 g uration
%tlon 203 resdoectl\éelly However, ther<3 are cases d(ﬂaendlng
state o?fhe ransmission r’i’r?eafrfle g. the occutfence oflgongestl
wiB R efiéncoded data such as the second layer encoded data or

epecoded data includings3@ the fisstelayer encosethdata apgsecand 1ayen  has
e@g%ﬂﬂﬂ@‘xﬁ@ﬁsaction 201, first layer decoding section 202,

second layer decoding section 203, adder 204, switching section

e) present

205, time domain transforming section 206 and post filter 207.

[0062] Demultiplexing section 201 demultiplexes the bit stream
transmitted from speech encoding apparatus 100 through a
transmission channel, into the first laver encoded data and second
layer encoded data, and outputs the first layer encoded data and
the second layer 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
the first layer 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 layer encoded data are
included, and outputs “1” as layer information in the former case
and outputs “2” as layer information in the latter case. Further,

when deciding that all encoded data including the first layer
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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 layer encoded data are included, and
outputs "1" as layer information in the former case 35 and outputs "2" as
layer information in the latter case. Further, when deciding that all

encedad datanclyging. e, irstlayer o gnegded date and secang f%}’;‘?{j exing

encoded data is lost, demultipleXing section 201 performs_predetermine

CORBLABattOH pRSE SRl oP et Fafa RSt sE AP BHebUSE dBRP GRAS 1 RE 1O

seconddayetlencoded date; outputsdheé fiksttiayen énseded data and encoded
sesond dapgnancaded;s data o firsh laygt deepdingnsectian 2021a9d r encoded

second layer decoding .section 203, respectiyely, and outputs '2" as layer ..
Aol 5 Tteh e R AL e ieh Tty Scfegtaine
202 pEPBIrATSSdecothiNg thrSdeiasiitfusinip thes firdt ad/er anesditf gamation, to
receivel ifigms <kO demnpigiplexing section 201, and outputs the resulting

firgtdayqr degaded tignsformy cogtlichents ta.aesler 20hand.SWIEHIOY decoding
section 205. [0064 Sec%nd Iﬁger decoding sectl%{;f%(?B performs ¢
dREBATHY PrcAtiRg udihh tHE'Sdcortd ByeFBRESHS dhthted&iv8d tdm from

18ederditiplexinggsection 2012 hd eutpues firer festling first lales éirort layer

trapstaredcesfiicientsita adder 204 {OQ654 Adder204 addssthe fist fayQlection
degqded transform coefficients received from first layer decoding section

202 and the first layer error transform coefficients received from second
|4ye9%]dec%aw§};&ﬂﬁhezo§, it obifputs Hé H8siling Secdid yerdccoding
decoded ¢ragsformnapefhicientsdo svitchirg seationi2@5. (@066} Swidtchidg from

SgetPRI20p1eutRus the firsk layet decoged, ranslormCoRiigieniSa8i@st layer
decodeo{ transtform coeffﬁj.ents to twne g%maln ér%msformmg section 206

whart fay? tirothiaton Tereived I5 foft §&mditivlexing section 201

shBRe 1" aridlrputsd fe seddnd tayer tecddetriransiems edefficienesform
as deftided transiernmy edefficientsi ta time deraaindiansforsunpesectiin and the

ZQQM?%J@WIJ@fpr{pm@oﬁfmsb'é%%ikope%sTlfpseq%aiwz;qgs&%gm layer

section 206 transforms the 30 decoded transform coefficients receive

frgﬁfg\ﬁﬁtﬁﬁiné%‘étdt?dh 203, and outputs the resulting second layer

decoded transform coefficients to switching section 205.

[0066] Switching section 2035 outputs the first layer decoded
transform coefficients as a decoded transform coefficients fo time
domain transforming section 206 when layer information received
from demultiplexing section 201 shows “1,” and outputs the second
layer decoded transform coefficients as decoded transform
cogfficients to time domain transforming section 206 when layer
information shows “2.7

[0067] Time domain transforming section 206 transforms the
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,
with respect to the decoded signal received from time domain
transforming section 206, and outputs the result as decoded

speech.
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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,
35 with respect to the decoded signal received from time domain
transforming section 206, and outputs the result as decoded speech. 16

[PRERIIC P 1535Dlqck diagramy %}g%ﬂg 1he GAovEAtion sSide 58P nside

layer decoding section 203. [0070]In FIG.9, second layer decoding

SHttioR 993 has Hemdiiprexifg '48tidf 231, shape vector codebook 232,

ddifi 7% Vectoi codeb6ok.233¢ and dirst layer erdorcteadnsfornsesdfficien2 03  has
g%l%ﬁlﬂ_ﬂflig ﬁ%@tﬁ@@ 234 {%izllﬁekmuﬁi]@lﬁé@gﬁﬁ%&n %?dew‘ih@k 232, gain

emultiplexes the se ayer encoded data received fro .

T P i borpy e e fricient
ehEBEEYHTErhatibrY, LG dfid outputs the shape encoded information and

gain eh¢oded cinformation 6 shape vMectorcbteliooki232 drehgditi péetors the

CQQ@‘S)QQK l%% {6§R@gta\/@&y({QQZZJ c,SJﬁRf% Me%%ﬁoq%lﬁ?{?kt%???e'%e}% g section

shape. vectoi candidates, identical to a plural of shape vector cgndidates .
providt th Shaps ABSRstes EBARPBSK 51 AFAIE 4 afd Hulifts! the T mation.
shape vecor cantidate sipwn byahé shape Enopdéteinformaticirigcepoge ded
figmo damultplexing saclivn 232t lirstlayenerser trapgform Loefficientvector
ggg\gg%tiglgks c3t|§>n 1,2@3%iI 49;917\3% flayain vector codebook 233 has gain vector

c

candidates 20 identical to a plural of gain vector candidates provided in

gl VebtordhRRBobR BAT irf BRS o 4Kd Dhfpdtd tha ks vEEfrer candidates
cahdidate $hawa Ipy the lgaifi ehepded énformationiieiceivedpfromided in shape
demuliplexingesastien 3314, tq first layer errqr drapsfgri scogfficietape vector
gener, ténq SEC%IOH 234. 2t5 [0074sl First Iaé/c()ecri error JE%Q?Q:%”P qufglggqfte d from
g%ah]é altlnag gettion r§§’4y mtﬁ’lﬁpﬁél e %Hape Vectdr CAmtidateré&&ived
fridnshidpe] vaERd cadeidemr 2323l thé Yaid Wecdtor eafdidaté reteivednsform
frome fgai yectgraedabpok 233 togenarate the first layer error transform

cpglficients. @RehoWRYG Hie USHIAYELEMISASI¥ M ain vector candidates
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 layer error transform
coefficient generating section 234.

[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
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, is multiplied upon the m-th shape
vector candidate sequentially received from shape vector codebook
232. Here, as described above, M represents the total number of
subbands.

0075} In this way, the present embodiment employs a
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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, is multiplied upon the m-th shape vector candidate
sequentially received from shape vectongodebook 35 232. Here, as

d@éﬁ@bggr%l@m M 1epresents e total aunben el subands 00k 1 (i.e.

és %y the ?]resent embodiment m Io s aly..confi uratlon of encodlng ¢
LEH shapelof F taet SighEI (1 8 tﬁg fifdt ASE &SP iHnstofm PrEsen
c@@fh@énﬁswth the present vérhbadirhent)sohsd pee subbbnd dasisdshape then

veglomenendingy, therny calgulating A target @ain @A ddeahgainptheimizes the
”&'[‘4%%??&9%% é%nmge% phg farget signaland an @Q&OQEQP g vector

shape vector and encoding the target gain (target gain encoding).

By t
n%@éhsﬂaa%a}&d t8¢hd as%%h@ﬁké Al LBRgEhtSAAParf BFBALE&EHy Y this
emergyscomponent df @ tahget sigaalcohid per sabbband basis fgaim brencoding
spgle facter eneeding nRArMakzing: the tarastsignal, 10 ysing the,8meaded; asis

energy compone nt and then encod Ee spectr shape hape vector
Cl%%x gcj the perlese%r}atlﬁlventlonﬁw gé arge % Farget signal

todes e g gmfor
nifimzintthe eiistodion withaespect o Raaiet sihdl, canessehtiaflyne the

mipioize cading distartipn. vuwrtbher cthedaigef \gaih ¢S grpakameterthation that
cap beacalcylated after 1o thershans Hﬂﬁtpfz'ﬁ g?%%d%q A NN WY th respect

equation 5, and, therefore, while the coding scheme like a conventional

=FPoPpdieafing "SiHe vitor SRERIAB HemPRANT SdBsddU bt to GhidoTtion-
ifformblition tbacbediag icarnot Use the target gaithas thernabget fdrculated after

eficoding gain cinfermation. the-rresent smBodiment Makessit Ressibigdeefore,
use t e 2( target gain as the target for encodin in information.and

e L e B Fo e PR L E b i ming
eftiéys ae&&ﬂrgﬁfa%.%ﬁ%gféﬁﬁm@ 5hd én%bafrrgq&ﬁél@aﬁﬁ By Usfregmation
targebgains ok:a nplurakity of adcent subbaads.lEknergy énférmationo ding gain

befween 20 adiacant subbands.of g jarget signakissimian ANG e o use the
S|m|Iar|t9/ of targaet ?juns betwee adjacen dsubbands is, hlghrllkemse
r

THERfore2 BHuntorinea ety dtrisdioh of §aib VP i Piddbded H can

véetdhgpase Bpararngiddbaid idaoricandidates

[0076] Further, the present embodiment employs a configuration
of forming and encoding one gain vector using target gains of a
plurality of adjacent subbands. Energy information between
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 vnuniformed
density distribution, it is possible to reduce coding distortion of
the target gain.

[0077] 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,
the present embodiment can accurately encode spectral shapes for
spectra of signals with strong tonality such as vowels of speech

and music signals.
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included in the gain codebook to he adapted to this ununiformed 30

density distribution, it is possible to reduce coding distortion of the target

gain. [0077] 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 gecoded speech. Further, 35 the
Pr3en embodiment can accurately. encods spectral Shapes an eEIAuac is
o) S|gna}s with strong tonality Such’as vowels of speech ‘and music P
sfgrnE 0 1B fodas] Futier, WithPd EbPERtidnal bft, tHE Spadi&itdmptiieshape
isr controlledTtyi sisingtwb patameters; dhe Babbahd gapre ancishapeplitude is
VESHY. Jhis £anhe GoRsiied,hat ihe spectal aRIitudR i JEBESENEA n and
seﬁaratel b¥ two \ﬁlﬁrameters, the sul bt d gain ndt}!iS shage vetctor. B{}/d. .
cOnfBE: With this, with the hresEheehbddibient’ the'dfekiral &phifide fs ™ en -
ctintralieeicdny! byronéi pafemictes Of the  takhet mainb Fupther phis meger of the
gain de an édeal gairrthats Brininizes ther geding distoftionawith gespect §an  that
the shaeded shAps Jiediar (FONseAUsILY: (s ossible P ARAMoged shape
encoding 10 efficiently compared to a conventional art and realize high .
qUSREP Sound eV@A ST HE bit HhtelS 1000 166981 FURheP HifRddyh greoding
ca$éi hashdenwexppined withahe presenpembediment as ahiexamgle quality
Whers gp@% @?@ﬂ%ﬁ%&?ﬁ{’@aﬂl 1!? g{\éig%diimg__a p_IuraIit%/ of SLCJibbands by

s orming section and encoding is performed on.a per .
B e e bR St ot b e 5 T 4 D™ (he
shapéaettor Baddisd tettpralRXpidP s gilhevscidvehepaing gy domain is
pliraliedl subbands may e encodedcollactively ssd that dsifeitat ia gheection

pﬁ%ﬁ‘%ﬁ“@ﬁ@‘é’&%ﬂ%ﬂs possiig, taprqvide,an advaniagewf MEre g0 present

accurately encoding the spectral shapes of signals of strong tonality such
aSVHWHIE? ol exAfhblé] & EitighPatidh tnay Be' pRSEINEWRde Shapg veotor
vectop dnegdirghs perfdrmedifirst} ther the vsivdpe vectordisndivided intr lity of
sybhandssianddarget gains aye caleWated QR aiper sybhand basis toderms the
a gain vector %nd the 2§ in vector i%anoded. LOOdSO]aFurthr, qlthouglg

esent embodimen 1 0OS581 e 10 pro de an aavantage more
a‘case has been explainé with the present embodiment as an exaﬁmle
where sabahg |g)p§r0éimintdle spectral shapes of signals of strong

tonality such as vowels. For example, a configuration may be
possible where shape vector encoding is performed first, then the
shape vector is divided into subbands and target gaims are
calculated on a per subband basis to form a gain vector and the
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
152 and gain vector encoding section 154 may output shape
encoded information and gain encoded information directly to
multiplexing section 106 of speech encoding apparatus 100 (see
FIG.1). By contrast with this, second layer decoding section 203
may not include demultiplexing section 231 (see FIG.9), and
demultiplexing section 201 of speech decoding apparatus 200 (see
FIG.8) may demultiplex and output shape encoded information and

gain encoded information using a bit stream, directly to shape
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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 154 may output shape encoded
information and gain encoded information directly to multiplexing section
106 of speech encoding apparatus 100(gee FIG.1). By contrast with this,
sgeopglays &9@88@%%6%0@ £97% MY N0t I0Glde Aen IRt o ctively.

section 231 (see FIG.9), and 35 demultiplexing section 201 of speech

detdtiinlg affartas o thée Fics)hag dBAITAER afid BLAGLE nabih the
anoodett infemtatibmandt gain encoded infoprationusing abit streamrelation

directlyiox abgp@é&oé@pt@rzgod&mqh 282sand gai ¥eetay Hadghenk3S or (i)

respectiel. (0031 Furthey, qlitoug a case his heen AN WG 11
present e m%nfaas an éxam Pe Wﬁwere Cross- correlatlon ca1cu1at|ng

seefos BT cariAgte ihe crads- ‘éb?l*é!agioﬁf‘c"cﬁr‘w 5actofdiiy hidquafion the
2; the present iavention i nobimitech talthis and dwidsredriglaieuation 7 to

caleylatiog $ectiQn p22 Mmay sRleylatetbe. gmﬁpyrr%mm pgm(';pe ctrum by

according to following equation 7 to mcrease the contribution of a

pEPEd Pty n%Sﬁén‘i’%b%EfrJ& by Capplyifg %\“&lggt welyht %%%es pectrum.
peféeptually important spectrum. 10 [7] F(m+1)-F(m)-1 ecor(i) =
w(k)e(m,k)e(i,k) ... (Bquation'7) k=0 [0082] In equation 7, w(k) represents

a weight ref6@&#i5the araé’t’éﬁ&t khstiak)perceptibA biHd SHtréhses
when a frequency has &higher importance in perceptual characterlstlcs
160®883] Flrthef Sirhirily 7 autblEarretatics eAitIdinY Sedtib §23 §ay 0 the
calcatatet the sauito-conrlatiamaocor(ip accerding:to follbwingeguation 8tden a

w@ﬁ@&@? qpm@tﬁlfgh% 3 RESCeRIUAllY ﬂme)carmpﬁ%qtryﬁabxcte ristics.
é)lg}/m agr ht to the p rceptuelly impor tant stpectgj [ﬂ‘%e section
R o 2B 2ROt 2 (et &) oo TA0EA] Rl

simdifarlyz errorcedieuletig déction BUR-grafrelation acor(i) according to
following equation 8 to increase the contribution of a perceptually
important spectrum by applyinga great weight to the perceptually

important spectrum.

[8]
Flm+)~F{m)-1
acor(i)= Z wik)-c(i,kY ...(Equation 8)

k=0

j0084] 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
applying a great weight to the perceptually important spectrum.

(9]

M-
E(])sz(m)(gv(m)—g(j,m))z ... (Equation 9)

m=0
[0085] As weights in equation 7, equation 8 and equation 9, for
example, weights may be found and used by utilizing human
perceptual loudness <characteristics or perceptual masking
threshold calculated based on an input signal or a decoded signal
of a Tower layer (i.e. first layer decoded signal).

[0086] Further, although a case has been explained with the
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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()=IW(m)(gv(m)-g(j,m))2 ... (Equation 9) m=0 [0085] As weights in
equation 7, equation 8 and equation 9, fgr example, weights may be

fovpnd.and uged by yillizing human . 3Q.parcepiiia) loudness CRAAGIeUsSSin g

r perceptual masking threshold calculated based on_ an'input signal or a

de&dded sifndl I lotktIager rrda fiteayHdddddensighl)  fobes 3 - the

Furthen altioughmaicase has esn eXpldired with theh20, pres@nt when the
embedinent as apexappie whers shapsyeetor eacedingctection dbding  to
nas %gt%'coﬁreéar“?ﬁgaé% lating seqlion 523, the,present iInvention 1,99 1 eq
limited tS Iflhis, and, when Re® abts-correfation coefficients acoré]j')1

caiéatd acddrding &t Pdquatiohcd Brahe Gt cbieldiich éddffickehselation
aoos() Caleidatele acebeding tal equatibnah becamé eonstants;the ayteo viding

Copielagn, areril) H‘@X_R%?Ql‘i‘ﬂ:@tﬁg &iadyance and used without

prowdlngq auto-correlation calculating section 523. [0087] (Embodiment 2)
1048 Epebbmdit-bting dpphratus and speech decoding apparatus
according tbliEmbatiment 2 ot théipresentirvernition enbloynthedameéecoding

copigvratian apd pearfarmsithersameapesationas speacherERNdinvention

a [%?)rlatust%oo and speech deco jg a?orpcgratusfzoo described in
m

e RE L A Erobotmont D SaLS form: B Emisdimant £ Bily'in O™ °°

tH8 ShapecPedr B8daBB3KE 20088 Fo kbl dimethe sk Jetdradbripbole 200
ateorditigetd the pFesénrtembadiment,&.10 dlustdates the Spedtrifrref from

the, daRBRESE VAWEL Q" BS anLxample of anvawel 083NN FIG.10, the
hﬁriz ntal aoéis is thelfr,enqut%ncy %nd the 20 ve_rtica axis is logarithmic to the
e?gﬁ f the%speeh U AS'ShAWART FiESiBT i fhespatirufy 6P AVARelt ©
nltiptenpeakishagég aret .obBERed) sHolrAgrstrong tdrfalityp Fakthier FRE the
i theafrequeneyy &t whichyenenof ruiiiple pealk shapes is placed.
[0089] In FIG.10, the horizontal axis is the frequency and the
vertical axis is logarithmic energy of the spectrum. As shown in
FIG.10, in 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.
[0090] FIG.11 illustrates a plural of shape vector candidates
included in the shape vector codebook according to the present
embodiment.
[0091] 1In FIG.11, among shape vector candidates, (a) illustrates
a sample (that is, a pulse) having an amplitude value “+1” or “-17
and (b) illustrates a sample having an amplitude value “0.7 A
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 FIG.10. To be more specific, a shape vector candidate is
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
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[0090] FIG.11 illustrates a plural of shape vector candidates 25 included
in the shape vector codebook according to the present embodiment.
[0091] In FIG.11, among shape vector candidates, (a) illustrates a sample
(that is, a pulse) having an amplitude value "+1" or "-1" and (b) illustrates
a sample having an amplitude value "03;A 30 plurality of shape vector

09”919@ % shown, gﬂ%& m‘u@e 2 e!w%“&x eaa'soeis Placed aty in F1G.10

arbitrary frequencies, Consequently, by searching for shape vector

cHtidaEss shbw In FIE. 14, Ft id hﬁo§§ﬂ5‘l8 1§ ifore BaNFatdly er%&olé gnd the
spaqtiim of strarig tonafityt shoneimF G 0. Tohise midrerspébificpeak shape

shapenvectopeapdidatanis 3ampached fox emdetewmemwith respect to
'9&9 fs&;ong tonahtX shoyvn in FIG. 10 Sl%Ch thait the am %J alklgodmg

rresp ndlng 0 the f?equency al'which a peak s%ape IS pq

eharinte ate affdittdé vaileaiftthd positiortdEd sAwnsin ?ﬂ}ebﬁ}ld %m is
agsdmas 41" ors'pk'c(im the sample () shdwndnodfgd GAd) snblthed gain and

ampelituge.valpeofthe, requency pibier fha ogwevee%lsﬁacpp @?@u%%%tgum is
(| e. the sample (b) shown in FIG 11 5% 92£Wlth a anvEntlonabgrt 0

ety gain eth%’édlﬂé‘ 4R RApat élﬂ§7l pridPIPShEDS v&tol Bhesding 28 ¢ &ain
sblbbantbgalnmsgqu%mmefd abspectraismorriatized Using ahe sdbbaﬁﬁs the

gain and i thendhe dire cormpenrent (i.ei shapavectarn of fhe SEeCuALIS of the
81989%‘1 *ae@ duan 'ﬁaﬂon d'st%f%on qf.ihe.sukband gain 10ecaesy ¢ ans,

mgt & bit rate | owetr, the normalization effect becomes
Iift aﬁd‘ﬁi@%’a‘mﬂ: &HgR ofthé MfiorfRdl fetiggecthiAPCanrbt iy encoding
deetedsed muchs Byothisameand e theoguantization stép in thedollgwimgtization

shape, YeRIQr enceding. sectipn, peedstpbg made coarserangl hgefar8zation
Eantlzatjon 15 dlstortlgnﬁ gcreas Due to the influence gf this
t

EHRAHISR - EHRBA SRS PRECIESE 6F BB é‘tflenua{es .80 10s8t the
of-lthe ﬂ@élpeﬁkﬂﬂ"%)pe)araﬁdtﬂhe spectturThidhi dbed PBEfoYAT afpaak @ peak
sbape isianaplifiedrand apreapslie the pealhshppe Ki.ek appedrancep ptarance

f%%eap gh@ pPgL Nthis way. thefreguency pesition of the.30ReaK ion of the

shape c s causing sound quality detérioration in avowel portion of

a%%%%éﬁ%i@ﬁ&%ﬂ%ﬁ%tr&ﬁﬂb‘é&%ﬁﬂ“ﬁrﬁdﬁ?&%ﬁén‘e‘? Téb@éﬁ%ﬁ‘édﬁtr&s‘iowel
withithiis pthe present embodimdniétiploys aong peak and a music signal.

[0093] By contrast with this, the present embodiment employs a
configuration of determining a shape vector first, then calculating
a target gain and quantizing this target gain. When some
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 pulse
rises can be determined without the influence of gain quantization,
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
configuration of determining the shape vector first to perform
shape vector encoding using the shape vector codebook formed

with the shape vector inciuding a pulse, so that it is possible to
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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 position4a which this pulse rises. The

MeFinGY RSP, DG & PUSR 1565.CA PRACIPINIRG WIPLING raise
influenceé of gain quantization, 30 and, consequently, the phenomenon
VIhBI tettublpedl SALSE Y 1ostbr ATFhis@'58AK shape é’pﬂpse%h@aote% RBEode
odours ispathiat it # ipasdible $@ pravent fhet abogetdasdribed prdblemvweithels of
the ccventanakast, {0941 1v this way, the preseguembodiment employs

A nfiguration of determining the shape vector first to perform shape
%@égﬁgncoﬁn%%%ﬁ%én tﬁ%tsr?u pe vector codebook formed with the shape

vector inclUdma prea Lsodthatfit ishsossibfe fd92 18gciy tHk fibiddensy from
tm_arﬂpedtrmm_mhaving astroag peak andgaige . a.puisd at dhisfirequencytoByality
this meang.lL is Paseible togncoge ithe.Sianls bavingithe SRAGIRRS selected

strong tonality such as vowels of speech signals and music signals in
High Gtiality. 5 [0095] (Embodiment 3) Embodiment 3 of the present

indéHtioh différs frome Embodindemel 4m Bekating acangdid.e. regionperdiment
storg tanality rinstherspasieunnieha speeiysignaland encodingroplrtheon as
sgiected 1ange, 10J0090],The Spepeh encoding appafatis, 3Geniting {01 (see
Erbodiment 3 o%t e p? sent invention employs the same configuration .

aELSpdachianbatfihbeapphratis 100dtordifg (o EmpBaiRiantE (L84 only in
F&cl), dind: diffecs froml speechk encdding appdiatus 100 only inaidckitlisgcond

secopd layer gnepding seetion305 instead pf secand 1 layerensading; ration
section 105. Ther?‘ore, thedoverall confi utration of the s eeqh en oding )
aﬁ%)ar ds accofding to'thé ﬁr%%en?pé)r%g‘odfr%enaﬁg hot %wn?anjl © presen
detabed éssiandtion AWerBoMmil BE dofittadl J0097PEIG A2 94 bR f will be
diagram showing the configuration 20 inside second layer encoding

Sﬁ%%?‘)i; Ageording, (o thepresgnty ermbodiment, Fugher SecaRd Y ration
encoding section 305 employs _ . , .
inside second layer encoding section 305 according to the present
embodiment. Further, second layer encoding section 305 employs
the same basic configuration as second layer encoding section 1035
described in Embodiment 1 (see FIG.1), and the same components
will be assigned the same reference numerals and explanation
thereof will be omitted.

[6098] 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
from shape vector encoding section 152 of second layer 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
transform coefficients received from subband forming section 151,
and calculates tonality in e¢ach range. Range selecting section

351 selects the range of the strongest tonality, and outputs range
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the same basic configuration as second layer 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;EEmbodiment 1 in further

including range selecting segtion 351, Further, shape vectar . in .
B el Sabiih 408 chRerc 3B Mo Shibee ion
veétor @Rdodiitt 86ctih s ofeé“e%?)gb"l&yegreecrfé&&in& ectionr 10844 part 2n 8¢
of precessing pand cifférent ieferemce numerals iwgl beassignedtbishewil be
thig difference n[QRIA%; Range selecting section 351 forms a plurality of

r sing, an arbitrary number of adjacent subbands from M subband
b B e L Bt shape

cikuilatesconalinia sact rafgeé SRange sefdatihgt Sedtislh .35 msdlécls thely in
rarge «fithe stiongast tarﬂa_liltyfandl oWt sirange: 23i infoshation showdrg from
ﬂ}% §%|§ﬁtt?dtgaar}%0tplﬁn%w?ﬁ%g SeLlop. é??v%’ad SY?QH{S V&Y and formin g

encodjng section 352. Further, range selecting processing in range -

sBfettifg séctibn 3515l B explbfied ! Gaif fHe?. 5 f100]‘Shapd ™ ranse
veclorancodirrrsectiol 352 différokohe shdpe vdttorcencoding sectiohization
132 accarding to embodimens J; ealysis seleating.sidaand arsforMents, and
caeficients indyded & rangedrem, sUbRapd ansform gasfficients

received from gu%an_d0 %rming Section 151, %asegl on range information
rddeifed froflfangt 10 8816ttt se@bRe3 s 1&id et foPifiig shidpe in range

veelarcquaptizatioio wishs lespect to the selected subband transform

cogffigients,igng: ¢etaed explanation thereqfwill be omitted NEen010tha the
FIG.13 il strates,ran%e selecting processing in ran%e selec maBSe lon
381! 1‘5°fc;iléﬁﬁn1r§|c’;.1gr%”tht HorizStal 8Xis is‘iﬁ‘é"feeqfue%fr/a d fheustrates a
vertical s is |odarithedielemergy Furthiers Fid. a8 dllusdates & Scdsaange 0 is

wheye the todahgumber of subanelsM is 08 frangeidds stormed disingdhe 1 is
0- and.to t hird s a is. formed usj e
DA R e IS e K e range 2

s&ﬁtféﬁd”t%dtﬁbsééﬁemﬁsfl?dﬁéﬁd?}é\é d 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
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 is calculated in each range and the range
having the closest SFM to “07 is selected.

[0103] The speecch decoding apparatus according to the present
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 layer
decoding section 403 instead of second layer decoding section 203,
Therefore, the overall configuration of the speech decoding
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
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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 25 in a predetermined
range. The SFM assumes a value betwggn "0" and "1" and the value

cl93gye 9. 8P stiong donaliy, Conseauently. e SEMS CAlCHAIS ¢sent
in each range and the range havn%g the closest SFM to "0" Is selected.

[6103P #h& Epéechideicddiig Hiparatls 1eEalding thtRe frddam Hp* employs
ethbosimenbemiploys:tiiegsarme configuratiom dsl speecteadacbdirgysection 203
a@@@&?‘ﬂg%aoq RCEQHAIRY o gglgoﬂ'lme?fﬂé 1t(§c‘;efe Ezl%-@)mgil”&g;sjﬁ%éﬁt%?%ll be
speech decoding apparatus only in including second layer decodin :
P AT, LRLOhaIas P NELTIAG SO BOB fRefat et fd will
oberalddhfiguration of the speech decoding 35 apparatus according to

the poesent embadinant wilk nat beeditistrated 3and detailed explanation error

thereafpyillpe omited; {9104 FIG 1452 hlock,diadramushpwind e, 4 1ayer

configuration 24 inside second layer decoding section 403 according to

the prebiehd  8RHAAMARE FIHHEE dEeamdlayer OGN SedfiShiads 23 1 and
ehptdysather same basiercoifigurationfascsecond tayeradésadingeseetiod 34 of
203 degacribgetin BabodimentsLcangiihe samecompen@is yill d8sging, and

ags d the same reference numelralsa explanation thereof will be
5 3%1 N d to s

e .
. . ) th
ornllfteecfe’[fﬁOé]e ee‘n‘%ﬁﬁ.&e)%h‘é“ section first faf'ylegrnéerror transform '

cAéfeient generating section 434 of second layer decoding section 403
difter friom deruiltipiéxing seetiar 28b and 310 firéf fayer &rvan trdesfofmiplexing

coeffigient generaling SACLEN 23410k, 5660RFLIAYeR deq0ding$8¢igN203 ¢ and
in part of processm%, and glﬁerent reference numerals will be ﬁﬁ%ned to dod
sRAAHIS BfrerbhRE (0186 DBMLIAPIexif sELloH 931 ditferd eneode

demduitiplexing 15sectiohn23mdestribedifcoEmbotiment @ irfirst layer error
deraultiplexing apd rordpeiting sange sfarmationcin edditionato shape detailed

egg%?gq aiﬁfgmig& g@dvgieﬂp ggcggqqtipgqrmation, to first layer error

transform coefficient generating section 434, and detailed explanation i
iH&Y&87 Wil 5 Grhidager 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
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
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 possible to
reduce the coding bit rate.

[010%] 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
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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 3% coefficients in the subband
BEOeR e ANGS STowd DY 198 OTIRION ARG OURHIRHRE S akin

der 204 0108] In this way, according to the present embodimen
tﬁe %B@éeﬁﬂe%daﬁn@ap*aaﬁataﬁ SRfE! fHe PogEeSitd Stidifgdgte enerey in
tomalipradd encodes theashape vdctdrdempeorallyhpridr tothéigain @Gofverage

eachsubband:in therselgcteddangs By dhis,gansd the spectipl shapesmined

of sgqlals with strongltouqaht%/dsuch %Eé/oweﬁcog gpeegh or mlu ic SI gffluatmn
are col(r]‘ed’ more accurately and encoding IS erformed)onl r‘{ h

sBlectéBiranges 88 thatiit isiposeibie t! fedtree ﬂ?éi@GGmgt bﬁ rat@mgputational
(0369} Fuxther, although & easenkas heerm@xplained Sithithe pi¢samntted.

erpRq@iment g3 arngammeewfg%;@cqfh%FMaﬁ &Q@U'Q‘Eﬁ% a5 A Indieaiah 351

to evaluate tonality in each predetermined rangé, the 25 present |nvent|on
i€ bt iMAitEd tothis! Eor dxalhple My thkihg %ﬁﬁ%dvéﬁ?a%re of ih8highfansform
assotiaton betwedi thenaverhge énerly inathgepiedetarmitedgargd allg wing
the strengthof tonality, the average energy of transform coefficients
irﬁlHriied in the predetermined 5 range may be calculated as the indicator
onality evaluation. By this means, it is possible to reduce the
computational complexity c ared to the case where an SFM is
calculated. [0110] TBMg)rmorespasifio’ rangd Baleetingrsddtion 351
calculates energy ER(j) of the'first layer error transform 10 coefficients
eI }R;ncluded in.the ranged according to foIIowm% d¢]1uat|o [{10 Fur,
1]

O v 0> = Ebiabn of RSPREG (D11 SR Equition 511 e
répmen@thé[dénnﬁmrwspééwﬂﬁe &@waﬁgeme@%pregenf@m j and
laweestrpquepey i ravge hand ipRkE) rapesestscthe hghest fleqyencyRange
in rqng?ﬂng{%%%%wn 351 calculates the energies Eg{(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
first layer error transform coefficients included in this range.
{61121 TFurther, the energy of the first layer error fransform
coefficients may be calculated according to following equation 11
by performing weighting taking the characteristics of human
perception into account.

[11]

FRH(J) .
Ej)= D, wk)-¢(k)* ... (Equation 11)
k=FRL(J)
[0113] 1In 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
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
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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 coefficierdg may be calculated according to

following equation A rg rrrSlin W ighting taking the. characteristics,. .
osf%ﬁ%larﬁi ugagricgptf)(])frt #r?et\gea%bc%ung %5 Fl_'l] FAR%J?ER%&%%?{)&% %’..%eights

(Pduatibh 119 4EEREGH 0148 In blidh 4 E&sed B adeigtthid g2l loudness
irtreasec:gieaies farra pfeequency lofiigliemimpdrtande inl perdeptiuele d based

charagtaristics sueb, that thekange dacluding thig fiegwencyiis dikely 1o berower
selecte(i,. and t30 thq wei h& W(k)dIS qdecreas.legol for the frequency of lower
illnaﬂoer{a e shthHthat 1ié raﬁ&% ifc u?ﬁﬁél?hi ' frequency is not likely to be
sklldctdd. BY thishmeansna perckqntiay inssditant bahdis ikbl apbdgured to
seleeted pretesgntiathy wothak ik is passille 4o improwe 26f saunengualitytdfan a

decoger IResely A disueigntul), Welgble. gy, (g and used

izin ﬁuman perceptual loudness characteristics or. perceptual i
nﬁaéléir‘?d thresHold cCHIEU Rt Bhgel T ¥6r ehamRE  BherBuf nalssi 4o tine
devoded signalaof anlgwdi & layam( es first dayet dedobled sighady j@hkdle s than
Furthel £a0ge selecting seetien 351dnay bereanfigyred; tn. Select a range

fr ges arranged at lower frequencies than a_predetermined .
RLBbLy () Crefondd TS queniy). 10T el FIG 18 fIGCHAlen & mas of €1

sefdétriddm range Sefectihtf A6 sedfion BB AFaAgETrdm*TaRgRE ffarided the
ap lewen requendesdhiare acpretieiqrmineg freguenty fise referenceanges are

fregueney ) [QHLQ)FIG 15,80Qws the ¢ase asamexampPle Yereeightng from

selection range_candidates are arranﬁgged in lower bands than the
c

pPefet8fminkd feferenctedubrty B CTRESE efghttinddlard 18 eathiccting
formsedonith Blbanteof a predeterminéclengile stagircfifroran dhd aofer| bR ed on
-t e0d fdHas the basppaint Anrd range selesting segon Bbl selectis PNeanges
r%%%eltf{%@etgeg? F{i)%glgafr}%ic?gteenscki)gge%%% the predetermined frequency
Fy are selected. In this way, advantages of performing encoding
emphasizing the low frequency band (or middle-low frequency
band) are as follows.
{01171 In the harmonic structure which is one characteristic of a
speech signal (or is referred to as “harmonics structure”™), that is,
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
sharply in a low frequency band compared to a high frequency band.
Therefore, when energy of an error spectrum in a low frequency
band is 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
people can perceive sound), causing perceptual sound quality
deterioration. That is, even when energy of the error spectrum is

low, the perceptual sensitivity in a low frequency band is higher
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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 emphasizing
the low frequency band (or middle-low frequency band) are as follows.
[0117] In the harmonic structure which is;one characteristic of a speech

signal (o1 is,referred o.as harmopicsstruciyg'), AL 25 1S se1eoting
structure in which the sp ctrurﬁ,shqws peaks at given frequency Intervals,
pEKE appéarisHari Y & 18wPetd&ndy by E%rrﬁféfe?jtt&}%l Righange from
frequentytband.r Simigardpeskd areesedir ¢ then quantidation eroreiietermined
EFFQL SREGIUM gr &11ar fransfau sepefficientslpigguerd INGNCOMN ch is the
p{OCGS?I? ’band Bealés 3ppfear 30 zhoar I I'Iﬁn a Lonvg r%qﬁune(ﬁ.'ci% baFLdCh eaks of
cShpared’td & ﬁlgﬁofreeqUen]f:?/IBaar] ?¥hereforé \vhen energy‘g an'effor
sgectiemein anewiraguenty bnens IWer tRRAIY & HiBR fidgtethcy bahdy of
peaks Of ars pek ispectrum are sharp and, therefore, the error spectrum

555%%'?0 expaed 8 PRIcePiyal Mmasking fhresheld (acﬁfyeésanpé% g Whish is the

people can perceive sound), causing perceptual sound qualit

detefibratidn. rhaf 1S 2464 wHES ehdPdifofthe Btfor SpECHm i %fB\?/, Hgy be
pertepteal sensitivity in @ dowirddquehey targkisskitgheie7 i thah énmahkighrame.
fiegtencyRaNd, Consequenths fRPAS $91gating csection 3RE emplayse of the
configuration, of sglecting a range from, candidates aranged LWLy & yange
flequencies than a predetaerr%unea fsrequency, so that it is possible to 8

spebify/ e rdfige WiichAs4HES fargdtatd) be ehéddet FFdfn&icg the range
frequéenty thand in- which peake of theaerror spectramvard shrap @ahdthe range

improyedhe sound guality,of, deceded spegchy (P48l EUIthRE 888 e of the

method of selecting the range which is the target to be enc§d

d, the
(AHGE D thd CUtEnt A A e 16 ShREod PEASoSAAINAS the 78 (3)

rangesselgciaczinthe past frémer Forexample, therd dresrictihisds orymes and
deterining then@nge efthes gurientdrane fianx (angesapasitioned imthre past
viginitgs ofdherands, selgatefl in e previgus ame {2 eaBRging Meni trea
range canc idates for the current rafme in the vicinity of the range 15
SEfEERANA MR PrevIEas e 16 Hetdrifing thiTEnGe bFMR) current
freimd from therdarrangedgange lcandidates,@nd(3 51 may divide a full

band into a plurality of partial bands in advance as shown in
FIG.16 to select one range from each partial band and concatenates
the ranges selected from each partial band to make this
concatenated range the target to be encoded. FI1G.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
1 and partial band 2 are each formed with a plurality of ranges.
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
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
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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 partigl bands in advance as shown in
1550 19 srlgeLanesanac o, aagh partiel bRgd A ceREAICBIEs N rrom
rangés selected from eaci?partla band to make this 25 concatenated
rRiAgEifre Raryet fo e ENEBUED RRS 1B MAST AL SCase WhtTetRE catenated
numbger bt pantialsbahdsihsitwe, ant: pastialibandrigis sohfigured toecdvena3s!t,

low freguepey bardandepartial hand 2ds; £onfigired,ta eovera Bighpe vector
b

freefgéjgncl:x %Qldﬁ.hFurther,GQatrgahl?and 1 9519 paarpa band 2 are each

formed with a p uréﬁ'gsypoef ranges. ]350 ??annge géllec?ingrgé}cg[%n 351 selects
ohtlrahhe fFOri-dah of partiarc bathtrRAAT pARAIEASRd h For okEmphe tdgn of
shoneins Flec 6 gangs dis Selectacbipqoaitiat bdid daardwange 4lsc number

SSBEC#? [ parfalhand 2. Hereinaffgr, ipfegmation Showing e dan9G anstorm
selected from partial band 1 is referred to_as "first partial band 35 range.

iff O FhETd » EnbeiRfdrhsat ShOSRGHRG RS rARER Bhfedft i parddieiven o
bandt 2k tefedet] toeds ¢ Secorrkpaitial Bard tanger mformatiend Nexgelecting
raRge;seleding sections3qk coneatenates the 28 range selected fro®n 511-n
Patial band.t and fhe rande selepted from Rartal 0a0d 20,0917 Bana 1, ana
c ncatenalfe range. This concagtenateél1 grange becomes the range '
seleed inifaffjarstiéeting e vtisre 351e aR4SHEk (RReehRBdilg. the n-th
seatiola353 pedforna ghape vecton G encoding vt respett tonthison forming

copgcaignatechrange, [0120LFIG 4 2 isa bichdiagrageshowing ihgc quires the

configuration of range Selecting section 351 sugporting the case \Q/heggch 1-th
tHe RS b HARiRESahUS RN AR BRS TE, e Sbbaht trahgidny
coeffidiehts radeivet frormdabbard dorming seetion=151 19 gVernrgr gdved from
patialk bansk hselectingesectign Kb to pantial bang N-selectiag dsectigitecting
5:SL:eI'ENioEnaC§ P?-rﬂ?l bal?qlg S,el%%th Sq .t'k%r}%]g]‘t_{h{w@g@nrﬁljgt(?s%lztion 512
selects one range from each partiaf band n, and outputs information
SRARTY the BERTRAT Farges B9aY 1€ hd heth SpArtial BARGSAngan ge as range
infofimationj torande infolraation foeming 15aectidnBl2. Ranigen 352 and
information.foRping section 352 acquires the

[0121] FIG.18 illustrates how range information is formed in
range information forming section 3512, As shown in FIG.18,
range 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 candidate ranges included in
cach partial band n and may assume a different value.

[0122] FIG.19 illustrates the operation of first layer error
transform coefficient generating section 434 (see TFIG.14)
supporting range selecting section 351 shown in FIG.17. Here, a
case will be explained as an example where the number of partial
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
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concatenated range by concatenating the ranges shown by each n-th
partial band range information (where n = 1 to N) received from partial
band 1 selecting section 511-1 to partial band N selecting section 511-N.
Then, range information forming section 512 20 outputs information
showing the concatenated range as range information, to shape vector

ﬁ{}%oxgi” %‘?C&ié’é‘t%?zc%'hdeﬂ%'ﬁpﬁg‘g SeGHon 1A% 1L FIGAS: transform

ustratés how range information is formed in range information forming

SeRfibh 819" W& SRBIAT I B1ES §8! 0254 AAG FBHGALbRTGIANG Sdetih veetor
Xd@nfoidwst rangednfgrmationubyi afrarrgingnthe firstapdrtiod bandstanger by each
infpration(d.emAk bith to, the, Nrth parfghkiang rapge fformatiod.e. AN The
bit) In O{d?r. ggre}, th?htlit le\Q th Afg of E?CQI:QE;[E pagtie%l téa”{d; {809 yer error
infdtmation s determined based on thé Aumber oFcangida e range
ihERBEp im 300eddh i artibt band n and may assume a different value.
[0022])3F1G. 19 Hlustiages the operation of fiset layereirdn tiansfandetermines

CORHICIeN AENAIAING. §eGloN, 434,568, E15- 14k SUPROUING FANY& ¢ 1cast one

selecting section 351 shown in FIG.17. Here, a case will be explained as .
ah'&ahigle Rhetetie HufiBER of i) 55 Biinds RS HIEE yer%mr““ng

triansfdymncoefigiént gerferating asetién 434uimlitiplies tha shige vectdrs to be
cangidate received from ishapevesier 69debrokd3A wikkhdheigain vegteheech
candidate ?cgivequQ from gain vector codebgok 233, Then, fitst layer
COmpare 0 the. range’ selecting metgod “Oof selecti only one
efror transform coefficient g;raneratlng s&ction 434 arrangi}es the above

shape ebtomcatithidats Aftérgitin multilic&H Ml Eachtangd BREwAHy °tine
each ratgehnfermatiol bfipbstiakbalitiet drvd partiahbafidr2 ekhenp bignglhiality

fq r'@thQé’\f?ty i oytputted ag the fk§&l@é’ﬁ'&?”9%ﬁ@r_‘§fﬂf”high frequency
cge ﬁ:entsa%OlZS The ra[nge el?cttén?g methocti,shown in FIG.16

defdHniRES “nkraiigé Hort: ach' pattial bafd ‘At ean arrange at least
oh@1@édoddtiuspéetrunt in eactepartiad Band. CHAsEGUERlys blesditing Toethod
ins adwancmamlaraliey, of bards forwbichsoynsqualityneeads toe times in a
IFQE?)C\G &It I%B?%‘?Ibg%ﬁ%Irypr?yﬁlMEﬂ%%lt}/nOfm%d Sﬁﬁ?ﬁb the example
compared to the range selecting method of selecting only one range from

IR Baid FRGH RanpRe thé rihgé Ketdeting rbihbdPsoWh ReErG L and 2
isieffeétiveawhern,tforfedample) cpialiyp ted range.  Similar to the effect of

the range selecting method shown in FIG.16, the range selecting
method shown in FIG.20 can set in advance a band for which sound
quality needs to be improved and, for example, partial band range
information of partial band 2 is not required, so that it 1s possible
to reduce the number of bits for representing range information.
[0125] 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,
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 is not shown in FIG.20.

[01261 TFurther, as variations of the range selecting methods
shown in F1(G.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
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secon

15 improvement in both a low frequency band and high frequency band

needs to be realized at the same time. [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 20 shown in FIG.20, range 4 ig@gelected at all times in partial

op0e 7, PRY 1A%, pert RLING CORAINAATIAPOS ATV I I BUCH Foriia)
& range selecting method shown in FIG.16, the range selectlng method

sh?)Wi]] 'FIG.20 can set in advance a band for which sound quality

neetd3s1d be impbonveidnand, for example, partial band range 25 information

of partial bangiz i$: R0t KeaMited 5@ that itds Possiblerito elCRIte the degree
ber of bits for re res ntln% r@ggieslnforwadtlo “[_1012 FHrther

a?t oué]h l’—l 20 shdws a ‘86 as'an éxam le°whére’a xed rang

seRcted ot milahias ira ﬁugaafreqmdbeﬁd @p%?rﬁaldb&rgd o tﬁélﬁrééeﬁtswn
in¢ention is not limited to this, 30 and the fixed range may be selected at

afldfimes in & jow freauancy, bapd (e, tgagaael fand 1) ang; Jlérth@rEanB@gzment

range may be selected at all times’in the partial band of the mid
fr‘eqﬂénéyebdﬁcf 85 dtis ot ShbVER intRle! ?@ Jo1B8) Eafe Ca??vé?l}iﬁgﬁ’son as
of pve rdnge selécting apethodss 851dHovws FPEIG NS dnd Fich2d ithent 1 (see
bandwidths pficandidate rRRgess eluded ineach parisd bamehmaydqe only in
d{fII;%r nt. FIG.21 |IIu%tre}tes a case W here thect%andwgd(g@ og the @d'dﬁtsecond
range mcfb%ied in3b partyal band 2 are shorter than candldréte ranges
iddtgecimcpattiag 5a5di° 0188 (Enfdbtifients) Brhpolrhht &%Ffﬁéuratm
podsent nveptier Hecdesthengegrae & of tonakityarr dipay frame thasispresent
apgldstermines theotdey ohshang westonercading.and oain anePdingd will be
depending on the decision result. [0128] The speech encoding apparatus
al2utHi ﬁﬁg‘to Embodiment 4 of the present invention employs the same
cohfigurhtior &§-10 speeeh bheoling idsparatus how seeortisg wonfiguration
Embediment dsemkkG. B)napd differsckrors speesh eneading apparatust layer
19895‘? In, inclyging seeand| efoe}f‘scoﬂl 9 §§ 10np02 INSIGAAPE uration as

layer encodlng section 05 There ore eoverall configuration
second layer encoding section 105 shown in

der of shape

1, and the same
components will be assigned the same reference numerals and
explanation thereof will be omitted.

[0130] Second layer encoding section 505 differs from second
layer encoding section 105 according to Embodiment 1 in further
including tonality deciding section 551, switching section 332,
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 153, and gain vector encoding section 154 constitute the
encoding sequence (a), and gain encoding section 553, normalizing
section 554 and shape vector encoding section 555 constitute the
encoding sequence (b).

[6131] Tonality deciding section 551 calculates an SFM as an
indicator to evaluate tonality of the first layer error transform
coefficients received from subtractor 104, outputs “high”™ as
tonality decision information to switching section 552 and

switching section 356 when the calculated SFM is smaller than the
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of the speech encoding apparatus according to the present 15 invention is

not shown, and detailed explanation thereof will be omitted. [0129] FIG.22

is a block diagram showing the configuration inside second layer

encoding section 505. Further, second layer encoding section 505

employs the same basic configuration ag 20 second layer encoding
Sﬁ%‘?%@%ﬁ ewnin, ke 'Q‘r%]l éngéﬁe §§‘H}ﬁ Lompopents Wil B8, a5SI0NEL i sion
the same reference numerals and explanhation thereof will be omitted.

(51507 BacohB I159ef BiLbAIMEsSidn Bhs diffedilom"sEEdHE Gagértion 356
embedingt dection k08 avcdrdhf ¥ Embodiment 1 in farthegr26tincludige  the

tanality deciding Seatien peia switching section 552, gain encoding section

5 maljzing section 554, shape vector encoding,section 555 and _, .

T o rah s T A S LS e R S EAR AT Epheine
1595 i e cfof Mrmhg selidhe B33 rahel Gait Vettsr Eheadinyg-sdbforPTesent
lﬁAv@@nSotiw_te_sthea’iOi@nﬁadimgtseqhenca faj), aadiga&r_lenmoﬁlirbg: seciibh using
Spe PRITAIZING SRGHIQN, 274 A0, SNAPEYEGIOL ENCRAINGL SEEION 339¢cr error

constitute the encoding sequence (b). [0131] Tonality deciding section
5T RS Res & SENF B San iMdREIS B evAliats 1BRaIf Sr thE fikgT formed
layemerremwahsfors £3% touffidients reeeivatirom subtractof ¢04d eutpaality.
"pigh” asatenalily degision kdarmation to switehingnsestion 3%2@00 or a result
swijtching section,556 when the calculated SFM is, smaller.than, the 3:

€. 1
T T N S R DS ARTA I ot taver

iFBFAAEBE 1SR RINYSBClBA 553 Birt i Bédion™®8E Wher fitk
cplcutateéd SHeNltishaqgal 4o ari greaiet zhar qhve mpredétermingd threshodad.bband

5i10132 NMeapwbile; Althquahe the; prasentambediment isexplaiped using 151,
the SEFM as an indicator to evaluate tonallt}/,gtge v‘Presergl'h emven'uciriwtls not
u

Iiﬁ%’ltegalf‘cPt?wjé',eéﬁc? HedSiST h&y be‘hade tsifg a%neo_rfher indichfor Stic gision
the {ariandéof the fivst el epror teamsforin coefigicris. swotépver 51 shows
degision may e peifermed 10 usiiganathensignal duehms aninpute fficients
S&%ﬂ% it9edaeCH%1 fenalitys £98 X I6, @ RIEh, APAIY$iS resylf of ALINRYL ¢ gin g
signal or a result of encoding the inputsignal in a lower layer (i.e. the first

|ave(ft10n 553 and normalizing section 554 when the tonality

decision information received from tonality deciding section 551
shows “low.”

[0134] Gain encoding section 553 calculates the average energy
of M subband transform coefficients received from switching
section 552, quantizes the calculated average energy and outputs
the quantized index as gain encoded information, to switching
section 556. Further, gain encoding section 5353 performs gain
decoding processing using the gain encoded information, and
outputs the resulting decoded gain to normalizing section 334.
[0135] Normalizing section 554 normalizes the M subband
transform coefficients received from switching section 552 using
the decoded gain received from gain encoding section 553, and
outputs the resulting normalized shape vector to shape vector
encoding section 555.

[0136] Shape vector encoding section 555 performs encoding
processing with respect to the normalized shape vector received

from normalizing sectionm 5354, and outputs the resulting shape
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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 deciding section 551 shows, "high," and sequentially outputs

M subhand;tiansione: caetficients, Jecgived from supband forming section

151, to gain enpolglng 20 section 553 and normalizing section 554 when |
the trfdlity TEEISIBATASAHAIDR reteifet FBAT tHRARY Sa&AMYIsebighmation
551d shoius ¢fove. d [0l 34T Ga eéheoding sectiof 568 caleulates i@t encoding
aveEROeeNeray afdV subband Wanstarpy aqefficiendsireeeived freBypectively,
W t%h'”%h%S peclion 952 guantizes, the calculated average E”%%%‘/ma”%nam
ou pu?st e quar?tlzeéyin ex as gain encoded information, to switc Ing y

seetoAizns. Futher ghi esboding sédidh B53 bR 4Ains BaBsdiRge o ded
processing il_dﬁ'lngaﬁm? @m_xene@dedi indorimdtian anich outputsithedesulling gain
degodad.gainto.poymakizing gediomnad. 3Q {Q135] Noupalizipg sectips, 555,

554 normalizes the M subband transform coefficients received from .
Shiitehig 'Sethibn 555 dsind Sthé Hetbded éﬁﬁﬁ%‘coelivebnfgfiﬁ{n geipon received
efroodiriy sediitn 858 diwlg cuaptits thé fdsylting'horitalizéd shape vector
tqshapg vecmf eneoeing %@ctms&i- 3m[0136].Shapesecidiancodingaratus
section 555 performs encqoding,_ processi ith res n ize

3?1368 r\/‘.?elcr% r régeir\?gg flom ?nor%maI?zrflngosecl\ét%((}itr%l %55%%95{&? utS(slﬁgk:Egé fector
rEREAG SAalfe I BHdsdBaitfothafbii 16 RFMthIG Sathén'Sses fosrg e (a)
Swritching sectiond56eutputs:$hiapeehcdded infermatipr rard gain transform

epgededinfeipationageeived fam shapgyestor encpding: seclion ddkporally
and, alntvect r encoding section 1(?4, resupectlvell)ﬁ 5 when the tor&%l"s:/y.
dBEISEN iRtotMAkiEN YeE&REd RS TNty *d8€iding sétibn 55T shows'™ ©2°°
"hide * arid o upued Shapé eéheotiad tihforefaiohodndr §ainfenebdes fficients is
infosraation received from gain encoding section 553 and shape vector

epEding segfion, 995, JeSPaLliv Lyegﬂéﬁ%néﬁw@@@lﬂwﬁ%@gém%rQaU%nges
received_10 tfrom tonality deciding section 551 shows "low." [0138] As

dELEribEdeAnDYe th SFeach Bcdaihg Apparatfgtor encoding according to

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 further
improve sound quality of decoded speech.

[0140] (Embodiment 5)

FI1G.23 is a block diagram showing the main configuration
of speech encoding apparatus 600 according to Embodiment 5 of
the present invention.

[0141] 1In FIG.23, speech encoding apparatus 600 has first layer
encoding section 601, first layer 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
is the same as multiplexing section 106 shown in FIG.1, and,
therefore, detailed explanation thercof will be omitted. Further,

second layer encoding section 606 differs from second layer
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according to the present embodiment performs shape vector encoding
temporally prior to gain encoding using the sequence (a) in case where
the tonality of the first layer error transform 15 coefficients is "high," and
performs gain encoding temporally prior to shape vector encoding using
the sequence (b) in case where the tonglity of the first layer error

t%a}{‘éé%rm &%E@Q‘%‘ﬁs 550 gloélyrlc; [91:1'31%] I? flafslvﬁaYnﬂl)eap{e§?nﬁ rocessing, and
embodiment adaptively changes 20 the order of gain encoding and shape

\ ( d shape .
VLGP EHEb ARG SEESTng T ERAkty oF thé fifdf 1afer Bbbf franfortf o™ this

ov_b'eTﬁ@iearns @and, consequently, can suppress both gain encoding
dﬂ@tpnltippham;l rshane yeCé@rc%rmdgn%e@i%@&;icmc‘é%im@ 20 e signal,
signal which is the target to be.encoded, so that it is possible to further
e B S ot s TBRAO ity Byt taver
Fle23tig bicek thagrah? shawiny the gin dohfitffation bf §peedi{rst layer
encodifihapparatitsn660 hceotdihg to smbiddkmheint 3 ofafhiel present

inyaniion. 304p1A111n FIEG.28, Speaeh enceding arppratys BANBAS gk o ding
layer encoding section 60 .flrstJayer decodlﬁg eitlop 02, delaé( ¢ First
SBEASH BY3 Subtiddof 504 frehudn& dohtald HanSioinig dd&ibn BoB, Firs
skepad kyer dhsadingeseetioh BD6 amd muliplehéing: sextiparros dAFhbHg layer
these,eapengnts, meltiplexing seetion 406 35 is thesamedscoding section
yiplexingseciion 106 shawnyin £G4, and, therefore, detaied

exglanation thereot will be omitted. Further, 'second layer encoding

seeddrt boeditferk fisihtdadord fayrp B ncbding Lettioh Sus’sdiAvinte the
FHépl2 inipart bf prdcessingt and ediffepent seferehceonsnierads will B 4.  The

agsighed tp showdhis, differgnea. [A144] Fiest laver gnegdingigsctinn @it ed in
encodes an ing)ut sigfr}al,_t51and outputs&fiwg et[’we(r:agtzéqlfiré:,B5a>_/§,\lr1 n role_td aver
data to’ firdtiayer Hecdding 8&6tiorf B2 anoggmu?tlptlexmg sectlon%O%. First Y
laf/et oarieadingedéemiot $d1 will be described in detail later. [0143] First

layer 4egoding: seetiont0parforais desosingt yocHSSingusiag the fisén  the
Yel.nepdat daia eaaived SISt dhiaVer.aeUng e6HN 803 AN ric st
outputs the generated first layer . ) . i
layer decoded signal received from first layer decoding section
602, and outputs the resulting error signal to frequency domain
transforming section 605.

[0146] Frequency domain transforming section 605 transforms
the error signal received from subtractor 604, into a frequency
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.

F0148] In FIG.24, first layer encoding section 601 has
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 owutputs the
down-sampled time domain signal to core encoding section 612.
[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
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decoded signal to subtractor 604. First layer decoding section 602 will he
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 15 duration of delay is equal to the duration of delay produced in
processings in first layer encoding sectign 601 and first layer decoding

%%CWPSQOL% 40149l §6‘9E%t9¥: 0% ﬁa@b‘?@ﬁ &hﬁa@ﬁ?iﬁ%% PF“@’?@H e 106.

delayed input signal received from delay section 603 and the first 20 layer .
décotkl sigrd- %Ee’l@e?j Frb ird i’aﬁfé’r“&ie%‘b&l‘ﬁ@”s%éﬁc?n%é?“aﬁ?dl b%dift%“on
thesnabulting errew sigred to dreggiercyt doméifi2transforming section 605.
[@M@lhﬁreqyﬁgm@pmain tra@$fgg)ggieg seg@m@@@ tr@@@fg&fﬂs ghe eHeE core
signal received from ractor into a frequenc omai
acl{n%dc oétpu%s tﬁegresulﬁr% &rrdr trant c?rm coe%uent)é%ssecon%d
dhtblingtSEBRE606. [034 %] I8G. 25 %fa%ockﬁﬁégrarﬁ%%omﬁr@ﬁ{étmwﬁ an
copfigokdtiont énsidenfirstflayer Rhghdingectey G0ds 0148 inFiG.B4 sfitbton a

layengagadingsectian Qi%h%p?i%qg‘ﬂﬂ%§?‘mﬂh@%§‘ﬁq['th§:l-;Lt?ngf30cf§coded
encoding sectjon 613{%) Down sampling section 611 down F les

R RIS dORAATS IR §CohVdE the dhpling T8t e BARk
dommaipsignbl maﬁ@ghfe@ sarﬁbhn@lra@@,mompmmh@nai and instead

dawnsampled imendomain signalito; cese pBcading:seetion612. 8b:[0dph] ally
Core &nco mgﬁsecpon 612 9erfgrm§ Co%ﬂ% R %C(?g%vngr gv%h rgwegtatﬁ)d) to

the nput S|gn Converted intd the desired 'sam |ng rate, and outputs the
GERBFALE fitbelayef BHAdae dabd 34° i thstTayRr ABEBARY S8ctidit 6031 einal
anick mudltiplexing section 106. [0151] FIG.25 is a block diagram showing

the Mmajp copfiguration, lﬂ%l‘ée firstiayersdacqding sertion &074 {%53} Wbessing
FIG.25, fir 5 layer decod sectlon 60d2 hdas core 5 decoddlnlgr sectc?n 6%1,1
u‘bssaﬁlpll d sg&ﬁan and anch fiequency bard componen(f adding’ = 27t
seetond 628, 486 Sulistititds aAndppraximidte dignaltor &l high fréaaénéf coded
banch dihis is baged0n @l iteghnigueiofrealizing improvement insaundecoding

qy@,yp{ $f decoded, Speerh enfitely; by sarigsentng a:ighdreauency handy in
odeocy\cl)dmg processing, to high frequency band component adding

section 623.

gllgﬂ'et;uency

of low

{6154] Up-sampling section 622 up-samples the decoded signal
received from core decoding section 621 to convert the sampling
rate of the decoded signal into the same sampling rate as the input
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
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
synthesis filter and bandpass filter, is known. The high
frequency band component acquired in this method contributes to

enhancement of perceptual feeling of 2 band but has a completely
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10 perceptual 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 processigg using the first layer encoded

dafadassived fom Jirst Iayeh qggog g, SELIORG0Ly and, QUIRYES e nt of the

resulting core decoded  signal to_up-sampling section 622. Further, core
RGP’ SB&MbH 6P Guthlits S teesdsd b Echbfidibhts FE6Ad fisy band
detaddinge processimg torkigh ifreduand banddomporent addiig ssection

6281 §@L54] WRsampling section v22 tpwsamplesfhe decoded $}gmides such
received from Sore decodlng section 62 to convert he sa rat

th(fzcl decodeed Sig ghal into tt%evsamelléa%r% fate ad Iée |r§ m£g| “ﬂ%é ag“l
oU‘tﬁﬁf’saﬂ’f'é uﬁ%éﬁﬁb?eél B éé%&éléé}"sbg A4 H@ﬁt f?édﬁé‘ﬁé?flﬁﬁn}élas a high
cpmpenentiddding saction 623 316K eUsing areapproximate signals dighently,

frequengy hapd, COJHEQQﬁBtgadgm ﬁﬁ?t'%%Z?*aC@éBP@”ﬁ%te%@ high present
band c onent which become&’n sin

fre Y S

TNRSEHIRD 40 [FBLEsBinE AR Honh S LEE1En e RS ot ve"
ofr geHeratifg antdpproximake sibralr & methodfof forRing a dynthesis ference
fittes withthe)decodadik P& ceefficientsi fourd pt deecading proeessingdicribed

\A?F%B’?&%d'é‘gusseecé'%‘ 623 ang.sequentiglly fitepng, @ npise. %'%‘P' hnal in a

hICh energy is adjusted, by means of the 35 syrithesis filter and

heihalds A i'kRBRA: The high! fredtis A8y bhntFEofiigdiibit csiréar 606
|rpm1£<metls1(xt tontiibytes to: enhancementofiperddptuél feeling of a band
bpg has p C@?@Jez%u 32 ?ﬁff%ﬁr;& w%\@fﬁarmgmm the tighsdreaueneayrbanth tion
Cco nent o inal signal,.an refore, energy in the
frequepneci/%lar?tae ocf(%hg%rrdjr%gnaflacqﬁ(r%éil in ﬁw’é%su tractégr1 m%?%%s%gm > of
[0156]MmEthel firse abjeriencottfg protdssing ifdGlesdisictliZre apparatus
characdiekstics, eneegy iy chigh freguendy band of the: arios sighalg apparatus

INCERASES R AL] PW frgﬁﬁeﬂ% bapa thataSeeniiRlly RAF@HUINssigned the

perceptual sensitivity is not likely to be selected. Conse quently, second .
Ia‘sféFSnrc%’Eﬁﬁ&%%%tfbﬁ%ééa&écés naxtsf RB HirekRnit™ erdot Willbe 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,
the configuration and operation of first layer decoding section 702
are the same as in first layer 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
apparatus 700 differs from time domain transforming section 206
of speech decoding apparatus 200 only in arrangement positions
but performs the same processing, and, therefore, different
reference numerals will be assigned and detailed explanation
thereof will be omitted.

[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
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embodiment selects a range from candidates arranged at lower 10
frequencies than a predetermined frequency (i.e. reference frequency),
so that it is possible to prevent the above-described 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 1 Fi6-134 150918 {1 E15,26 i3 & hlock diagram, shewingithe ;ait: 1ow

configuration of speech decoding apparatus 700 according to ) )

EfbbufR&s: 50rdh8 pradd it i é’rmoﬁﬁ.eﬂqagﬁmi|‘é?§84e‘[§q deRaging fidelity
apperates P70 hastihe saned babicicorfigafatibhsab spéedh tidvodipge venting
a@@ﬁ*@&%ﬁ@qgg%h@w%iﬂfﬁl@r%a@@dﬁhﬁt1?@@%@9@}?@@9{1{% Vﬁi“rQQfsiglnal in a

Ssign the same rejerence numerals ana _explan ion thereo i .

e ke et b Oy B R B O Bl nincd
A SAARICP00 Yiftdrs frafRefifstiiayBe deesdifg Settionsondr Spesthencoding
decoding apparatls 2000 ampanteof prgoe ssing canenr dhdiefores diffensritly prior

reference pymesaiswil beassigned Further 125he,copfioalien and encode
o&gratlon of fll’[St I%yer decaoding section 702 are the same as in fﬂrst layer

d %d?ﬁ’gf &ction 603 ot sOpfeesér% nea‘néoaingS éib%ré%athosné'd('f\énsd‘f ‘fher&esfoFeo,weES’
detaibd exgldnatoaainereot (il b omitiad. [D1S9I Time dothlafut increasing
transfermingtseetian 06nafespeesh deaudinge 30 agparatus OOAiffels quality
fr(g){:n Jieng% ng%i etg%@ls_forming section 206 of speech decoding apparatus
Zgé)loﬁr;&in arrangement positions but performs the same processing,

ana;

efdrd HikfcreAt HEPerBRce RaRTefAs Bifl e SSBIHES Aftf ftafidgmple
explanation btheretf wilt bé ofhitted. 3% [Qli6TEre this wWayt theepreseme domain
]?m@%imggm%éfg%@%@ﬁ jl_rﬁ mwwmtq;%itghnqﬁﬁna&n@ﬁﬁ% f%ﬁa Rightractor
r enc najn .enc rocessing In tne lirst layer, instead .
e B e S YR T 3ie R in cransform
irhpEABHIBIM freqiénciitsdnde(of HiitidIéNew frégasnidy bandasifmpiends are
fidelity dwitly respeatdonthe friginalsignal oithis bandy fidheripreventingpa 605

ProRIg.Jug 19 AN increase ipdhe gnergy of 1he@roE §ignalin a Pigh st 1aver

frequency band using the lower. range than a predetermined frequency as
P B 6 0 BE EHRRG TPESEORE Ay br BrfcolHep prosbsdig ARd &~ onother
pérforming shage wedter erreodifg terhparalyeptippn  between first layer

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
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.

[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
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)
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to gain encoding, so that it is possible to more accurately encode the

spectral shapes of signals of strong tonality such as vowels, 10 further

reduce gain vector encoding distortion without increasing the bit rate and,
consequently, further improve the sound quality of decoded speech.

[0161] Further, although a case has begn explained as an example where
subtractor g9 finds the diffsrenge.REWNEELINE HPMAIN ol 2 SIANS Bfration
present invention is not limited to this Sa@j subtrac&or 60€r mﬁ\ tki)nddthe £ 6 of
differdhte Be e R BuBREY BBAIN tandro i CoRfidignts™R%uth &t © ©

ctlse, nputcrdnsforrndoefliciedts wree found Wy drranging frequaheyratus 800
domgin ransfaening section.60e betvaep delayssection 603 @neh encoding
SHIactan. 08 Andie rstiayerc2g decqded flansfprn cRRIiARUR Ay 11 be
fo@r]i’(ftray arranging .anotﬁer frequency domain transforming section ,
bitwbehrtsthdy et e dsdinbedectidh b aht 80BatiRg04 theticreot will
shbtractort6@4 finds the difference between the input transform

cpgftficients ang. the, firshlayes decodegtranaforry coeffigiantss andgdivespeech
this error 25 transfortm cog f@'ci.entf% dirgctly.to %cdolrrlld la er egg&dingmer 801

s&fion }%.afﬁi%rc?oﬁlﬂsgura ion" en‘}élﬁtlegraégﬁ ive su%tracfiﬁg rocessing '
of findiny difereabéime Givéntbatlarit hbr fiflding ﬂiﬁéﬂ@h’cﬁéf) invefedrting by
beainds: sedhalit is passibie ¢a iurthemnitnpsaveythe satird euiality 6fignal after

dgcadsd spgech. 30 (@163l Furthery althoygh g,canfiguration haskeen, cos.

explained with_the present embodiment as an examgl where information ¢
refatednid enigH féqidcy’ BRI ol (s fifitddt tothe' Efed@f cTrum of an
decpdings appalatos, the present itvéntiosvis Horlimitdd te thist iaridca  to the

configuratian 5y beupessibie whega A signakata highfieaueneyi 85rbangnsfer
is.encoded at gzlé)w bit rate com[gg&edb fre nd a

toal uency b is .
trglﬁgfnﬁft%% to pésec%egégggllrl\g appgraiﬁgy\f)o‘%%]’(ﬁ %%Ll?n%n? )%S7mg the

Fis 2746 & bIBEK BifsfrBirhisAdwing te Thdin Bohifgirdfiss origfexting section
eacading apparatus 800 according to Embodiment 6 of the present

inveption. Further, speech encoding apparatus 800 employs the same

basic configuration as speech.encoding 5 apparatus 600 shown in FIG.23,

and the same comp(pg)aﬂwg@)ags'i%bd_t_hq sayme refargroe numerals
and explanation thereof will &=

[0166] In equation 12, w(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 0<y<1l. When vy is greater, the degree of
smoothing becomes greater, and 0.92, for example, is used for v.

[0167] FIG.28 is a block 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
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 synthesis filter 901.

[0169] Synthesis filter 901 is formed with a filter having
opposite spectral characteristics to weighting filter 801 of speech

encoding apparatus 800, and performs filtering processing with
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be omitted. [0164] Speech encoding apparatus 800 differs from speech
encoding apparatus 600 in further including weighting filter 801. 10 [0165]
Weighting filter 801 performs perceptual weighting by filtering an error

signal, and outputs the error signal after weighting, to frequency domain
transforming section 605. Weighting filter 801 smoothes (makes white)

the spectrum of an input signal or chan it to spectral characteristics to
theesP 8gfobthed speeirift Foreekdniple HiendigHeng fikepfrhnsreing section
function aw(@) is siepiesentiedd by é@liawmg enuation 42sfeing fhe cdécaded (z) of

LP?&eﬁéfgqge@weqq%qd in ‘i' layer.degoding, se¢tion, 892 {12 NR2% 13.
oﬁalf) =1-Ya(i)y'.f ... (Equation 12) [0166] In equation 12, u(i) isthe LPC

ﬁélents NP is the order of the LPC coefficients, and y is a parameter
for controlling the %ﬁ] ee pf smoothing (making white) the spectrum and
assumes values in % #eled 0<y<Il. When y is greater, the degree of
25 smoothing becomes greater, and 0.92, for exggho&%tlisoﬂseq for y.

[0167] FIG.28 is a blockTiagram showingthe main configuration of
speech decoding apparatdls—ﬁax@jcorfdm(j to Embodiment 6 of the
present invention. Further, speech decoding apparatus 900 has the same

qegqﬁgqrgﬂga&s&pgeq@ de&p@lngsapﬂerawsc?(lfbg@ﬁla@wtm NP is the
6, an dl?‘ sFjﬂ com fcgnents will be aSSJ ned the same r ference
ex

M8 s an nator theFesfwin B on%’ltt1 d® AEBEpRRAS T controlling
detdfcmuﬁg@mwafuw@m&fﬁegs froakdpeenh dedothirg Samaefram ?@0ligssumes
furthen nclugding synihesis fittes 99%.1 [0169hsynthesis fittes QQ1 isHormiedree of

W'E'?naoﬂ'ﬁrﬂ VH‘&%%I%BPQ%‘Etsé)recérf?hcﬁa@te['&%“%%«%%ht 49, Uteec{ for v.

1 of speec encoding. apparatus 800, and performs filtering lgroces
W|ﬁ%§ r]espe%ﬁtodféfgﬂﬁlﬁr@ceﬁ\?é’dvﬁom“hﬁiéHHrﬁﬁln tiahgforfig ©f Ypeceh
section d70¢ anproutptis tHd fesult. fiventeainstert functibid B(z) lbiving opposite

sypthesis filten 201 dsdenrrasentedrusing foleowingnequation d8.a L 3hB(#) signal,
Y'SZJd synthesis filter 901 of speech decoding apparatus 900 is
formed with a filter having opposite characteristics to the
weighting filter. Consequently, the synthesis filter has the
similar characteristics as the spectral envelope of the input signal.
Generally, greater energy appeafs in a low frequency band than in
a high frequency band in the spectral envelope of a speech signal,
so that, even when the low frequency band and the high frequency
band 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
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
likely to be perceived. In such a case, synthesis filter 901 of
speech decoding apparatus 900 increases energy in a low frequency
band including coding distortion and, therefore, quality

deterioration is likely to appearly distinctly. With the present
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51 ... (Equation 13) = NP i~a(i)y'z [0170] In equation 13, u(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 When y is greater, the degree of 10

smoothing becomes greater, and 0.92, fqor example, is used fory. [0171]

As described above, weighting filter 801 of speech encoding aﬁ)paratus

800N fotieentits & fRer Rty Bppouibe SBerd ehatitdiste tgthgncoding
spacitabenyélope: b ars iaputsignaly teind Synthesis: fikert 901tof speached, from

decoding apparatys 39Q ds 1 formed with g fillgt haying QRPASIeredetermined
characteristics %o the w?lghtlng fl|t§_r. Conse;}{l entl)%, t?ﬁ s'fyntthess filter . le t
hdd $id Sifiar drsrabtd i Ss e 4888 knvalopd bF the inpuPSighal e °
Gehkrallytgrether enlergy appearstis & low frebency baner tes it i sigho ding
fregueneyibanddndhe spactahenvejope ol asspeaehsignal, @ sedbal quality
even Xvehcendtgg Ig) efggggency band and the high frequency band have

equal coding distortion of a signal before this signal passes the synthesis
filtelt | doding tistdrtion BdeorEsPitent i i folPfaduehy kit hftes L2 b ting
thi&i igmal passes the syathdsis filtero diltlgougiy idealty sweighstigditer quality

80%.9f 3peesh grcaeding,23 ARpal gtustR008nd: synthesis filtar 9 afhe speech

speech decodin ap aratus 900 are introduced such thfflt codi

distBFoh ISP RAAHI HRahkS 18 the beréeptlal Madking eﬁleac?? v%h%ne ffect and

coditg distoHicrecannbe Bel Peduced bribetr i 18 G it rate! e Pereepittalarget
masking efiect doesi not funation much and eading distorion isg30dikelydoiate a

bepp%rl?ptj,\ﬁ?do H] ﬁy&ﬂﬁ scié}?ge’ LS;{Q%(—I&SI%{HIQI’ pcp\Jv qfr éeﬁgﬁr& 9989&‘1@91 ncluding

apparatus 900 increases energy in a low frequency band including codi
distdtidrEahts tEHERSré Ul HetRFiBradohPi& Mikeiy 3 SB58ary (@i porally
digtirietly. twithathe preéeng 39 embbddiméhnt i asmiestiibed e Erhbodlimenanrately
5, sgeend layer gpeading aGlions606 seleats @ ramge: whigh is ha faygetuch as
to Pe-eopodedalion sandilates puanaed L WS IRGUANGIPRDER facreasing
predetermined ?requ ncy (i.e. reference fre uency), so that it is possible .
to Gr&11BViate e ADBvezH8SEHIIEL HIdbIdM SPEMPIRIANG cdtfingound quality
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
and speech decoding apparatus are configured to include three or
more layers formed with one base layer and a plurality of
enhancement layers.

[0174] FI1G.29 is a block diagram showing the main configuration
of speech encoding apparatus 1000 according to Embodiment 7 of
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 layer encoding
section 606, second layer decoding section 1001, adder 1002,
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
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distortion in a low frequency band and improve the sound quality of

decoded speech. [0172] In this way, the present embodiment provides a
weighting filter in the speech encoding apparatus, realizes quality 10
improvement 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 a¥the target to be encoded in
sdeomlddyemaridodifgisrocessing to alleViatens probierh of iAdieastigts, the
engrgyiipd awofrequencyoband inchuding 15 eqding distodionandtansforming
berfunshaneverier Asedng emra IYLOR 69dng, SOl wn in
is possible to more accurately “encode the spectral shapes of signals of i
stFots fondlity SRMTA8 WBNAE Srethtite gt YEABF eRloling distéitiort e 0 ding
withotit sncredding uihe: bittratetdrid acohsequondly, furthermmnplove thection 606

soynd guality, 20 ahdegered spaachHO1/3hEDOdinent dhIetestiontdbns of
e range Which i3 dhe Jargelio.be gpgpded n egeheniancemenlayer.o  ine
will be (_axplalngd With Em o§iment of the‘present invention in case

whemfiaispbbtheAsddrReappEratS 53 hadspe&en dbbodihd -apParafis? 2nd
are onfigiired tohiactuderthresi os nrorehlayefs fermbd wiith dneclpase dayen will

angl.a plurality of .ephancement layers. [0174] FIG.29 is a block diagram

showing the mai fi ti f h e di tus 1000 ‘
2ddoFdRg to ErbAd e T 6F SRR rSSbAEINeRTbRe [0 5 Spbbikg e hich

erisodihg apparatus 1006 has freduiénéy demaim! ittensPdmsingsdadionf speech
104, fisstilayer epgadingusectionot?2, firsk llayendecoding Bection 602 1lustrate
S‘é?%accé%rs@é’ g?%?&de@{‘ﬁ%epgﬁ)glyg iﬁegté%r})§96l§ 89%'@6’%% in second
decoding section 1001, adder 1002, 35 subtractor 1003, third layer .

erléoififig SRt 1903 HirtNaydt® detbdiflg gﬂe\eﬁan%dtsg, Hfetrdddrd tever
subtractbm0G 2 dourth l§ed encbding sectibry 008 mneldimttigleximgirth layer
section 4{}0&9,@&15 401 fargned with four layers. Among these

C(;@quﬁnts,khse SCQQfI urafplO %pg 6)Rera§|gn,}sccgfl I)rgqlijgﬂ ed%ryglﬂdates are
transforming “section 101 and first layer encoding section 102 are as

shivi e TG 1L, ¥ ebrirgtfatibhsiant opératibhs! 6P stiafer detbdingd ten ey

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 selection range
candidates are arranged in lower bands than the fourth layer
reference frequency Fy(L4) in the fourth layer encoding. Further,
the relationship of Fy(L2)<Fy(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 fower layer of a lower bit
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 is selected from wider bands including up to a high
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
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5 section 602, subtractor 604 and second layer encoding section 606 are

as shown in FIG.23, and the configurations and operations of blocks

having numbers 1001 to 1009 are similar to the configurations and

operations of the blocks 101, 102, 602, 604 and 606 and can be

estimated and, therefore, detailed explanation will 10 be omitted here.

[0176] FIG.30 illustrates processing of sé}ecting the range which is the
tatger td be encoded in encoding processing of speech encoding

apparagys 100¢:.FIGi30A 106 .30 ustrate, wiagessiagof iselectimgg uration

rafges i sefongllaygr §acoging, in segond 13 layer soaeding sectign 608, ;. b ¢

third Jayer encoding in third layer encoding section 1004 and fourth layer
eREOBMYHA $8drth layer encoding section 1008. [0177] As shown in
FI®.8024] seledtion fahge?danditiates hire darrardyetkin loper bainds thhh00  has

th@&gg@nﬁp hal%enfgfeie@@&)ﬁ%;equmcy 207y (2) dn the s660Rd layertion 1102,
encoding, selection range candidates ar n in_ lower hands .

it U el ey (.3 hne i ey R i
serttibndangs i Bendiastds ird Afangeddhidwar BAHYE thad the Foudhh laver

layer adfergnce freguentcy Fy(L4}) ihi the foacthi tayer éfiGading.iFuithreg, 25 ction
therglationshinsQfifry (b2 rEy (e vhleA) Bolds hetweendhe [efererager 1111,

frequencies of the, enhancement ayers, The pumie of selection rande ;o

idafes i eac eénhancément layer'is the g_am'e, and a case whe _
nimBep B fartdevaniidates s ol Wil by dederbed aktar ekahtplél ahgttions

isaindadewen layersobd Ipivarkhit 30 satee(ddr exanglis; the speonculayed)) shown

the,range yhieh isdhearget; fp.he enggded i selegiad amlaWs cxpianation
fr?guencg bariﬁiastlé)f perceptually higher sensitivities, and, in a higher layer
¢ :

Higher Bit ratdS(f8&Kafiple, the fourth layer), the range which is the
taf§étdtd loe lancdded s seleetedofrdimwider bdyrdspineRding Up o diligint, the
35 frequancy pandh Bynermplaying spehaa eonfiguration ha lowep day@rich is the
emphasizes a lgw fre ba d & higher | er ider . .
bg}%g gsg th%}t itgl)s? po%%_i %g %2)6 ’re,alrﬁjzoearg uaeillﬁl)ti}g so%%%gtg‘gsﬁ%e;%c%%fwss?gn% S. Bigher
[0878] EhEuE1 i§%ﬂﬁ|bwaié§?awsﬁo(lﬂengeﬂ1éﬁ¥eaﬁ figidligr it rate and
spedeh deaddingaapparatbschl 16 adoording to the presemtcoded, from wider

bands including up to a high frequency band in a higher layer of a
higher bit rate, to emphasize the low frequency band in the lower
laver and cover wider bands in the higher layer and to perform
shape vector encoding temporally prior to gain encoding, so that
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 c¢ase has been explained with the
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
shown in FIG.32 and FIG.33.

(6182] FIG.32A, FIG.32B and FIG.33 illustrate range selecting

processing in second layer encoding, third layer encoding and
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embodiment. 5 [0179] In FIG.31, speech decoding apparatus 1100 has
demultiplexing section 1101, first layer decoding section 1102, second

layer decoding section 1103, adding section 1104, third layer decoding

section 1105, adding section 1106, fourth layer decoding section 1107,

adding section 1108, switching section 1Q 1109, time domain transforming
section 1110 and post filter 1111, and isformed with four layers.

MERM Rl AME coPfigirhtidhs antfopetatiths bF tHekd Bidcks sre Bltiar - the
tonther benfigtiratibnst iand opepaticns df Hloeks imspeedhedecodinguhancement
appaatys 20Q shown nFiG.-&andicande esiinated, @adthaneforey mbers of
detgled explanation 15 hereofuill be opitied. 10180)1 ISARY. 1 suen 4
acCording’to tﬁe ;ﬁesenatnem 6diment, the” S¢ala e speech e%co'ding .
appParbtas seléers the antwhicH sl targetto b éRéoded Mforfitewded is
frequenayi bands:afhigher pgerceptual sensitivities in a lbvwee layeryeta and the

loyer,yt rateand @c%?gqpt%m%ear&%wh&%Lssthﬁtasrgﬁt;meceamq@% to a
oahlgh,frﬁguencyb nd in a higher layer .

from wider bands including u

PTGl BErate Ho BMnbbisS (B 1AM ol A N heRBart cational
layemaind: soveravide? banasein the higher layer and to perform shape
vgeiogencoding teewosally paien tgaikrene0dintgnso that 2bntis possileis the

to, mare @gguiately, encRdp e sRegtral SNAPES L SIINAR O SHONhnge of the

tonarlﬁﬁ such as vowels, further reduce gain vector coding distortion

withdee thicrd 4gimg teait rife 2 Y r ImprtRthe?$bbiRd Jualy dte ranee
decddedespéecth {0UBE kEUryen;. altiough aacagé hashiseenagxptaitdc witho £ (1)
th@e?’@r%?ﬁ?ﬁ‘%emf?gdiM@s &p example yihare the Jargeri@Be the ranges
encodetd IS se ectte frorin range S?|?ﬁti0n candigg ee%%QgV\frﬁ ithélqb%) in
erPc%sdlinlgoBreocés?singeinvegc eﬁh%ncer%ér?ﬂé?er, the present invention is
ndtlimitedirte frds ndnd itse target to edéAeddsdinayt b seletead flgmer in the
rangei aangdidatas artanged at egeral dniervals als 85 shawadntblG 32 andne the
FIG33. [0182LEIG 32A. G328 4 FIG33 I1UStrale, g, 36186t nai dates
processing in second layer encoding, third layer encoding and 4 fourtg frames

lag@rehddding AR ShoWR inEET s ARGRRE 83 B C Rufbdrof SHI&E
ramgeé candigdtes varesbehween brhzsarcgmenformation transmitted in the

past, in the frame in which range information not transmitted

layer,

(discontinuous transmission of range information).

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

[0185] Further, although a scalable configuration of two layers
has been explained as an example of the configuration of the
speech encoding apparatus and speech decoding apparatus, the
present invention is not limited to this, and the scalable
configuration of three or more layers may be possible.
Furthermore, the present invention is also applicable to a speech
encoding apparatus that does not employs a scalable configuration.
[6186] 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
embodiments is implemented by FFT, DFT (Discrete Fourier
Transform), DCT (Discrete Cosine Transform), MDCT (Modified

Discrete Cosine Transform), a subband filter and so on.
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layers, and a case will be illustrated here where the numbers of selection

range candidates are four, six and eight. In such a 5 configuration, the

range which is the target to be encoded is determined from low frequency
bands, in a lower layer, and the number of selection range candidates is
smaller compared to a higher layer, so that it is possible to reduce the
computational complexity and bit rate. 1B [0183] Further, as a method of
sdleéiig the radbieomieh ishe rgaetiBe enicodbd Bpdachiments  assume
erharegmeng tayer, the dangaiefithei gusant ldyer pray betsébectadinn is not
asspaiation with e rRge Selectad (n dhe lowes layer FOnexamnple, gt sivle
are methods of (1) determining the range of the current layer from the

rafhydd! §5%88-IBAEY in the vicinity of the range selected in the lower

laj/et, 8 ) rearranmgingtinearahgescandidates forahedsutrenb yewiithéhe above
viehity,ofi the fange selested: in dheclower layerktn determine the iangefigured
the current layer from the reanianged range candidates, and @) ealized b
traﬁ/smlt%ing rangé inﬁ)rmgtlon once every several framés 20 and using the Y
rahtyEf 8Hd\Wn by range information transmitted in the past, in the frame in
whichgangefinformationthontrahsolittech {thscontinuous:trdnsmisgion ofof each
rapge infarmation) {0184 EnohodimentsQfkthe presept Invention hauelemented
been expla#ned_. 25 LQlSSé F_ugher, although a scalahle can igutF}tlion of b
W' laBre- has GEeh Libiihed hsth ARARRE to‘:’fi?hé’ ‘dSitiguration Btth& 2Y °°€
speddly eheating iapparanstahalspeeth dedddingrassaradsothe piasdst chip.
inversion is g imited thdhis, mnd the scalable: cenfiguratigaekihree ars “1C,”
mMote layGes may be.passiblg 8P Fyrthermarg, nerpresant MaNoNiSy i rrering

also’applicable to a speech encoding apparatus that does not employs a
scafdbRt éohfigirHtivihe (86 Still further, the above-described
erhbddinientE carhuse tthe GELIP thethed asitieifirst dayéf endodimgt 1imited to

methpd. [0184] The freguanayidamaiy; Hansdfeing sectian dn theyahovegeneral
35 embodiments is imcplementeq sbéfrFFTé [?g-lge(DiSC g

Fo ri§f
Tr%ir}iépoorrsne), Bﬁﬂlgafisécfesteléosz}ne rgr?sfgorm MD ﬁ/fodl ied ﬂggrtéfgcmre’

CHdiré Zrbingford), & SUBHEITMEdRd 88 O 48F jo1dsPAREdghmd e CGate
aboveaggscoibed embodinfiepts aBsumerocessor where connections and

settings of circuit cells within an LSI can be reconfigured is also
possible.

f0192] Further, if integrated circuit technology comes out to
replace LSI’s as a result of the advancement of semiconductor
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
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 absiracts, are

incorporated herein by reference in their entirety.

Industrial Applicability
[0154] The speech encoding apparatus and speech encoding



speech signals as decoded signals, the present invention is not limited to
this and, for example, decoded signals 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 des%dfiption of each 10 of the
aftrerhenstiohetParhibglientd fal typichlly e Riipicherittt aBRHE&e to @
constitlted ypanmniegeateic airouitn These: payrbe uindividuak chips orapparatus
parfiglly oroiptally ontaingd 09 @ SNl GRIR, L9 isgdopted here but
this may also be referred to as "IC," "system LSI," "super LSI," or "ultra
LSI" depending on differing 15 extents 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 LSI's as a result of the advancement of semiconductor 25
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 N0.2007-053502, filed on March 2, 2007, Japanese
Patent 30 Application N0.2007-133545, filed on May 18, 2007, Japanese
Patent Application N0.2007-185077, filed on July 13, 2007, and Japanese
Patent Application N0.2008-045259, filed on February 26, 2008, including
the specifications, drawings and abstracts, are incorporated herein by
reference in their entirety. 35 Industrial Applicability [0194] The speech
encoding apparatus and speech encoding 44
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method according to the present invention are applicable to a wireless
communication terminal apparatus, base station apparatus and so onin a
mobile communication system. 45 CLAIMS 1. An encoding apparatus
comprising: a base layer encoding section that encodes an input signal 5
to acquire base layer encoded data; a base layer decoding section that
decodes the base layer encoded data to‘@lcquire a base layer decoded
signal; and an enhancement layer eftdedibdfSection that encodes a
residual signal representing a difference between the input signal 10 and

the base laygr, decodad signal, g aeguire, gnhangement layer encoded

data, wherein the enhancement layer encoding section comprises; a )
dividing secfiohithat A fde§ 1S FedAuSS §igRd TE nfos piliFaify of P ut signal
suvbandst ia firbe shalreyvectoreentoding ection that encodes the plurality

of subbands;te agguite tisstashapei apceded; sformatian,antkthatie base layer
caleulateedagast opine of fie. AUIRILE dlsibands Zagainectly

forming section that forns one gain vector using the plurality of target

gains; and & §aif VRRigreRESdinkPEctiofthatdRo 8 ydif Vectdripdes @
acquiid fiest gagmehooded: ifotimagion. &3 2: ke enkotingeappharatusp ut signal
acepdipgdoslaimilywhedeindhe dfirst shape veciargneedivgisactioment layer
encodga éﬁei{)@l%'fa”ty of subbands using a shape vector codebook formed

with & plurality o?’shape vector candidates which include at least one .
pulse placedat® & Brbitt&s frefliBAGF FOR Theld@icdding Appdrdtgs section
aceording 6 £laim 2, wherein the first shape vector encoding section

encodes the plurality gf ;subbands using.cprrglatianJnfprmatienelatatkhiosignal

the shape \g%c%t(())ra c}{j igrlgiﬂ?yseol?cg%% {Jrgﬂmdtp;e shape vector codebook. 35

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 plurality of target gains; and

a gain vector encoding section that encodes the

gain vector to acquire first gain encoded information.

2. The encoding apparatus according to claim 1, wherein the
first shape vector encoding section encodes the plurality of
subbands using a shape vector codebook formed with a plurality of
shape vector candidates which include at least one pulse placed at

an arbitrary frequency.

3. The encoding apparatus according to claim 2, wherein the
first shape vector encoding section encodes the plurality of
subbands using correlation information related to the shape vector

candidate selected from the shape vector codebook.

4. The encoding apparatus according to claim 1, wherein:

the enhancement layer encoding section further comprises
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4. The encoding apparatus according to claim 1, wherein: the

enhancement layer encoding section further comprises 46 a range

selecting section that calculates tonalities of a plurality of ranges formed

using an arbitrary number of adjacent subbands and that selects one

range of the strongest tonality from the p[j’grality of ranges; and 5 the first

shape vector]encodingsse%tion,ttpe gai ve;:totr formin .sectionfand Ithe 1 ¢
gdin VEEHreneSaInG section Bperatetwith” réd5act18 & pilfdiR/ of Piurality o
suBBEfds foring theisdetted rhntfe 1. THandridodihg dppasatugubbands and
aceardinglicclaiont, vdigreini f hthe anhaneement fayey encadinge plurality
segtiqn frther comprises a range selecting section that calculates

average eneygies.of a plurality of ranges formed using an arbitrary

number of adjaceHt® Subbahlis Wt Hat S IE bhe g8 bf thahigadst veetor
aversgérshergyt iffomathé phurating of vanges; andad the fiesttshape vectdée with

eneagingtsestion thegain ecton founing sectiomanchthe; gad vestohnge.
encoding section operate with respect to a plurality of subbands forming

the selected range. 6. The encoding apparatus according to claim 1, _
wherein: 20 the BRAAMACEHETR P EricB MY Setiort fufthertolmphided ed -
range selecting sedtiorcihatcd|dulgtes perceptual wetghtingf endrgies ofigprises

plurality of ranges formedausingman gERitiagy Mmbel fadiageNtenergies of a
sunbands,and fhat seiects one gnge of fhe nighesf, percepual weighting, ..,
energ ror}% t%e Iaurﬁllty of)ranges; anId %ﬁfhe ﬁrst sﬁaﬁe VueCT:ltOI?énCO N acen
sédﬁbﬁ?ﬂf@gaﬂfpvé%?dr sfoliibg Saction bdel the tatn Vetierséntbaliigge energy
sdctian operateawithi trespeet toea pjusality of subbands forming the

selected range. #; Jfe aNepding.anRaratls aaeRwing to;gne afdaim &0y e cror

30 claim 6, wherein the raﬁge selecting section sélects one of a plurality

of FHHGAE I8t Bardd thaR & PrEdbtstHihe egi88cy e B iTReoPeTdte With
encsding tapparapis selddnding t0:0he ofisldim hio clthm 6efurtied range.
comprising the plurality of enhancement layers, 35 wherein the

predetermingg requeney i ioher. 0 ANANSS layey 47 SaThe Frsoping.
apparatus according to claim 1, wherein: R ‘

the enhancement layer encoding section further comprises

a range selecting section that calculates perceptual weighting

energies of a plurality of ranges formed using an arbitrary number

of adjacent subbands and that selects one range of the highest
perceptual weighting energy from the plurality of ranges; and

the first shape vector encoding section, the gain vector

forming section and the gain vector encoding section operate with

respect to a plurality of subbands forming the selected range.

7. The encoding apparatus according to ope of claim 4 to
claim 6, wherein the range selecting section selects one of a

plurality of ranges in lower bands than a predetermined frequency.

8. The encoding apparatus according o one of claim 4 to
claim 6, further comprising the plurality of eshancement layers,
wherein the predetermined frequency is higher in a higher

layer.
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the enhancement layer encoding section further comprises a range

selecting section that forms a plurality of ranges using an arbitrary

number of adjacent subbands, that forms a plurality of 5 partial bands

using an arbitrary number of ranges, that selects one range of highest

average energy from each of the plurality_of partial bands and that
concatenates a plurality of selected rangezs to make a concatenated .
rahge; and THESTiRE SAAPRY/ERBREMELEIRG SREOR &HE gkt ector Vitp rein:
forming section ant ¢he gainnettqreencoding isegtiorcopenate: wibre irespegtrises
to,a plyeality qf.sybhands forming: the selected concatenated raRgR s18sing an
The encodlng{laﬁggratus_ c%ordin%tto cl%ign 9,dwhetr irlttt%er}nSS r%n%quram of
SEERHHG Sl Seidct af 4 1S S fixetf fahge which'id” pedifidatn® Y
adhvariée! ihat dsastsone aftHe piuralny olpaiied A 495 THEHNTDHiRGS one
appaéus aceangding to gladim g ewbakainy 26rihe eabhancerenk layplurality of

encoding sectian further,c [ ity, degjding; secti t range
P By e Sreaor drrenees
the? tahaliy 81 TR ML gRd! i€ Hetid®8 {o be equal to or more than a

predeterminéd [6iek ttheh 2Beenhartcement lagenadivides tve rébidughin vector

sighalinio the plusality of subhandsi encedes the piurality of spwhapdsae with
acquire the first shape,encorled infarmation, and calculates the taiget 30, .4
galnspoft e pﬁJraI?ty dt subaban%ls; forms one gain vector usmgg the plurality
oftarget aiis darid Bhtodes the gain vector to acquire the first gain

encoded information. 35 12. The encoding apparatus according to one of

claigmn :!'to clm J‘f'rCWE‘%%irﬁﬁ a}fd‘%lpsa%‘%!?r)’?&ﬁ{@%in&§?ﬁii®'] wherein the

comprises: a down-sampling section that down-samples the ) .
rar?ge se?ect%g sece,go% selects at alvil tlmezpa ftihxed range which is

specified in advance, in at least one of the plurality of partial
bands.

11. The encoding apparatus according to claim 1, wherein:
the enhancement layer encoding section further comprises
a tonality deciding section that decides strength of tonality of the
input signal; and
when the strength of the tonality of the input signal is
decided to be equal to or more than a predetermined level, the
enhancement [ayer:
divides the residual signal into the plurality of
subbands;
encodes the plurality of subbands to acquire the
first shape encoded information and calculates the target
gains of the plurality of subbands;
forms one gain vector using the plurality of target
gains; and
encodes the gain vector to acquire the first gain

encoded information.

12. The encoding apparatus according to one of claim 1 to

claim 11, wherein:
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input signal to acquire a down-sampled signal; and a core encoding

section that encodes the 5 down-sampled signal to acquire core encoded

data as encoded data; and the base layer decoding section comprises: a

core decoding section that decodes the core encoded data to acquire a

core decoded signal; 10 an up-sampling section that up-samples the core
decoded signal to acquire an up-sar_nple%ssignal; and a substituting

section that' §ib&tittitesMigisecdF ad high Hetuicrty? BARRIFESATponent of the
up-sampled signal. 15 13 Whesencpding appatatus atcordingto caimmples the

further COMAIISING: RGN encoding SeCHif, hat §BGEHESOANSAN ; and
transform coefficients of the gluraht oJ.subbands to acquire §econd ggin .
encoded information; 20 & Ab¥maliding dédion that Wotmalizas the™ ¢ oc s ©
transform céefficientsufline phigliey of sublsatibis eising the seeggd data as
decoded gains aequired fy dac@ding the gain encoded information, to

acquire a plyfaliy.aknprmalizeel $hipe VecLars; 2 seqeprlishape vector

encoding section that encodes the 25 plurality of normalized shape

vectors to acquire secontPdiagts EheblRd Hbthidtioht ahdds 688G g he core
section that caloutatdsdenality ofthe input signaldrra ped framediasis,

that outputs the transform, gogffiGignts ofithe:phality:ef sybhandsiioith@e core
first shape vector (ﬁggodling[ 30 tsectionu\{vrréerg1 th% tquI%Iit is decided to be
equal to or more than thé ﬁres%oﬁﬁ,qand tha{lou}f uts etransf%rm T
coefficients of the pILPrafFitV’éff’sﬂﬁbaﬁd§acétth‘é“gégﬁén%bhﬁfg%’é&?oﬁwrﬁ‘énf(’I 3
the tonality is giecided ta: he jess thin shephieshold £35:24u Arsencplingsignal.
method comprising: dividing transform coefficients acquired by
transforming, an input sjgnal in a frequency domain, into a plurality of 49
Sulboands: GHLbRG 14 Chanm S8R of e DIy or Sa8Bhns 1
acfuire firstshape encoded information and

a gain encoding section that encodes gains of transform

urther

coefficients of the plurality of subbands to acquire second gain
encoded information;

a normalizing section that normalizes the transform
coefficients of the plurality of subbands using the second decoded
gains acquired by decoding the gain encoded information, to
acquire a plurality of normalized shape vectors;

a second shape vector encoding section that encodes the
plurality of normalized shape vectors to acquire second shape
encoded information; and

a deciding section that calculates tonality of the input
signal on a per frame basis, that outputs the transform coefficients
of the plurality of subbands to the first shape vector encoding
section when the tonality is decided to be equal to or more than the
thresholid, and that outputs the -transform coefficients of the
plurality of subbands to the gain encoding section when the

tonality is decided to be less than the threshold.

14. An encoding method comprising: _
dividing transform coefficients acquired by transforming

an input signal in a frequency domain, into a plurality of



calculating target gains of the transform coefficients of the 5 plurality of
subbands; forming one gain vector using the plurality of target gains; and
encoding the gain vector to acquire first gain encoded information.

49
subbands;

encoding transform coefficients of the plurality

subbands to acquire first shape encoded information

calculating target gains of the transform coefficients of the

plurality of subbands;

forming one gain vector using the plurality of target

gains; aand

encoding the gain vector to acquire first gain encoded

information.



