DESCRIPTION ENCODING EVICE AND ENCODING METHOD
Technical Field [0001]The present in. vention relates to an encoding
apparatus and encoding method used in a communication system that
encodes and transmits input signals such as speech signals. Background
Art 10[0002]it is demanded in a mobile communica ion system that
speech signals are compressed to low bit,rates to transmit to efficiently
utilize radio wave resources and % (—;-6) her hand, it is also
demanded that qualit |mprovement In phone call speech and call service
of high flde|lty% Tl CaRd 1o Fn%e’? Ptrese &élﬁfé\hﬁs Mttid TpiIrgiigrable
to not only provide quality speech signals but also encode other quality
signads than fherspeech signals, such as quality audio signals of wider
shanflso OPSIThS tgshigue AL VUROIBINg A Bluly of £OUNA RG0SR o s

in layers is promising for these twq contradictory 20 demands.

techfique cormbiedin A 8rs thE Basé Fa%/&ﬁ%‘r“éﬁ&éb‘?r‘i‘gsuhbiﬁ‘%udﬁél& frpoodes
a formdadenirmte forigpaetch isignals ait tdwebitsrates Ant anadithancement

layer for encoding differential signals between input signals and decoded
&gr@ﬁgﬁ,%lg@sg layer in a form adequate to other signals than speech.
The u of .25 performing layered cading in this way have

chaFaéSt:eﬁ tlc(zE of pro%lcin ngnéca% %lty in bit < ?rgeams acqu%;(égél1 fom &h* o™ that
encoBfifef &ppafdtdss tHdtis - acyRikng tecodetPsignails ffeis patfofiransmit to

inforrfiation ofi bitistréamsy ahd; theretore sisugenerallydreferred to 81 the other
"scalahle,coding r(hagy}er@gnwg'tr@a-"&QBOQ%]TEI@ seajallecpding schamee calt

can erX|bI¥ sq#;])doort ﬁommupé%at{l} t%{v%?crg qegwogks of var%/lgg bit Eatg meet
thanks to its ¢ racteristics, and, con aluent [ acfe tate for a future

Uhetwbié BriviramEnt wheteRiEriGus Hentbrks will be |ﬁi‘té‘g‘féﬂ§d Byahdypreech
(Interrsat Protdudl) 2a35[0006fFareexaihple, Norl-PatentiDotantdrtn the speech
ldisclgses @ technique of yealizing Scalabie coding using:the technique

that;is standardged by MBEE G4 (Maving Bictyre p%rt%%%ﬂﬂhaé? Aoding
Thls tecfhnlque uses GELP (Code Excited Llne glctlon2 codin
nd §

adetuiatd 18 speeth sigrars in thd bABE iAYEr 8§ ?ran‘@f’orr‘hg Gafg crory
2G&ycH oy ane - (Ad%ﬁeedeAhapoz%d@?)H&ﬁeperww@d(waﬁsféﬁn@dmdmyer for
Weightediinterleaver \iégtor iQ uantiZation ewith brespict to residudlsighalst Low
subracting:base layer.decoded -Signddnt 1ayer for encoding differential

signals between input signals and decoded signals of the base layer

it a form adequate to other signeals than speech., The technique of

th

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

30 10004 The scalable coding scheme can flexibly support
communication between networks of varving bit rates thanks to its
characteristics, and, consequently, is adeqguate for a future
network environmeni where various networks will be integrated by
the IP {internet Protocol).

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

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



from original signal, in the enhancement layer. [0006]Further, to flexibly
support a network environment in which transmission speed dynamically
fluctuates due to handover between different types of networks and the
occurrence of 10 congestion, scalable encoding of small bit rate scales
needs to he realized and, accordingly, needs to be configured by
providing multiple layers of lower bit rates, [0007]Patent Document 1 and

Patgnt;D QC%%J}g disglosea technigue of. trapsfopm a%ﬂgofj%?ition) coding

transformin nal WhICh is 15the tar%et to be encode

freq%%‘h%y Sm&in' 868 Thcodifg the Hastifing Hsquénéy dGmirt Sfgnaf i storm
suchdrbnsfori ehcotings firét, anbehergy cdmponenit of e flequencyd TwinVQ
domair:sighal rthat:is, gainkeg scale factar)-s calcWated and:-quantizech) with

0N a P/, &%bli’@nxde Pﬂ%sd 1an§jg%fc!’ﬂ§ Q%@%QQ”B of the above.regueng¥a signal

ZOd?maln s%o { at is, ape vector is calcu ated and quantized.
Non-Pateft IcJE"Lilment’_ﬂL&"AII éjbou?l\ﬁﬁg e/ jni}vﬁrﬁten “dnd edited by

SukeieHl MK IF the Fitst edition SROBYD CHESAKE PubliShify, ingnvironment in
Septambier 3071898 spages126 to d 27 Ratent Documenticlapanese handover

Trapglagien of BQ&%BQHC%W@%SL@M QpeR Na.2006:313407 RateRtrence of
Document % Japane ptent Aggllcatlo aldIQpDen No. eHEI7 g61800

DIS(%|8§§Y€GO the inv |nvent|on 1 30Probleris to be Solve Bﬁhe Inver;’tlgned% to ve
realized and, accordingly, needs to be configured by providing
multiple layers of lower bit rates.

100077 Patent Document 1 and Patent Document 2 disclose a
technigque of transform encoding of transforming a signal which is
15 the target to be encoded, in the frequency domain and encoding the
resulting fregquency domain signai. In such transform encoding,
first, an energy component of a frequency domain signal, that is,
gain (i.e. scale factor) is calculated and quantized on a per
subband basis, and & {ine component of the above frequency
20  domain signal, that is, shape vector, is caleulated and quantized.
Non-Patent Document 1:  “All about MPEG-4,” written and edited
by Sukeichi MIKI, the first edition, Kogyo Chosakai Publishing,
inc., September 30, 1998, page 126 to 127
Patent Document 1: Japanese Translation of PCT Application
25 Laid-Open No.2006-513457
Patent Document 2: Japanese Patent Application Laid-Open
No . HEI7-261800

Disclesure of the Invention
3¢ Problems to be Solved by the Invention
[06608] However, when two successive parameters are guantized
in order, the parameter that is quantized later is influenced by the
gquantization distortion of the parameter that is quantized earlier,
and therefore is inclined to show increased guantization distortion.
33 Therefore, there is a general tendency that, in fransform enceding
disclosed in Patent Document 1 and Patent Document 2 for

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



[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. 35 Therefore, there is
a general tendency that, in transform encoding disclosed in Patent
Document 1 and Patent Document 2 for guantizing a gain and shape

vectQr.QUder, shape.¥ectaors shavk 3 increased ayantizatipn.disfortion and, ¢ +p.

are unabletto rqpresfen& aciurate spe%tﬁal shaPeB'[IQis probl%rycproducl:ggi fleant
sigriifiant quality detetiordtidt With respect o Signals of strong tonality™ '

such el vowels | thae i, Sighars havings s étral chafactetisti€s thagne tonality
omultiple peak shapestare thseryedEhis:piehiem vecemes more distingts that
swhen & lower hit rateis,implementad JOOOR]It isitherefore,an.pbiact OLE more
present invention fo provids an encoding apnaiatus,and encoding method
for accurately encoding the spectral shape38 signals of strong tonality
suchds’fdvowélst Sthi@t%‘J i tht €pectraP 8hapbs bF si§fiald ARG siettiaiion to
charactefisticsthratamdltiple jraak shapes:dre vbseéived ranid o provingtherately
quality.ofidecoded signals.guch as.the sound qualiy of decedeshsignalssuch as
1 (19MEADg for Splving;the Froblem JQQQ%H%)?@J‘ cogingapparatygaecording .- 41

tothepresent invention employs a configuration which includes: e%b‘ase

(ay e BHSATG Séon'{Ha: eFEOHES ki RBGESIGHA S hedife Base Hydh *n0
encoted deitagat basetayer detotling seétiork thatdeecotes thb Hase pd quality
layes eieeded datagtoaaequire a base layer decoded signal; and an
enhancement layer encoding section that encodes a residual signal

. gepr&sentinq&d%fgei[\relr%qe Hgtm?reonbﬁheeignput signal and the base layer

decod%%n§|gnal, 0 achﬁre enhancement layer encoded data, and in which

the Ehfhaftementiayet ehebdfty sééidh Hass g 2ccordiag to the present

invention employs a configuration which includes: a base layer
encoding section that encodes an inpui signal to acquire base layer
encoded data; a base laver decoding section that decodes the base
20  layer encoded data 1o acquire a base layer decoded signal; and an
enhancement'}ayer encoding 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
25  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 wusing the
30  plurality of target gains; and & gain vector encoding section that
encodes the galn vector to acquire first gain encoded information.
[0011] The encoding method according to the present invention
includes: dividing transform coefficients acquired by transforming
an inpui signal in g frequency domain, into a plarality eof
35 subbands; encoding transform coefficients of the plurality of
subbands to acquire first shape encoded information and

calculating target gains of the transform coefficients cof the



25 dividing section that divides the residual signal into a plurality of

subbands; a first shape vector encoding section that encodes the plurality

of subbands to acquire first shape encoded information, and that

calculates target gains of the plurality of subbands; a gain vector forming
section that forms one gain vector using the 30 plurality of target gains;

and a gain vector encoding section that epcodes the gain vector to
acqui {irst gaip eneqded;infarmation, 199111 The encoding,meinad, 1y raiivy
accoralng to the present invention includes- ,|V|(§1|ng transform Coefficients
acqUird@ By trefstotmint ah 1Bt Sign'a ind tredifdriéy dontdifl “itd &' st ain
pluratityrdf35igsulsands cencoding transform coefficients of the plurality of
subbands to acquire first shape encoded information and calculating

Stargggggiﬁlga%fewgStrg@%qr{g coefficients of the 4 plurality of subbands;

forming ane gain vector using the Elurality of target gains; and encodin
{J(?nl ?rl ?Fe 81’@561*1 %nve,tmn C g orég .acsélA'aterﬁ: encode the
the ba vector to aéquiré Tirst aain encodéed information. vantageous

Effedts ofinvérhtior popiziThalsrederititwentiomeay mbrd atturatety s that is,
encdde the spectrahshapesof signdls afastionrg tonality sudhrasotewelsjcs that
tha:;aﬁi the %ﬁyﬁs@%@% é)f Sign é%lg !\ﬁxw'raq ;sp@l@%al &I“Eﬁl‘j@@tze ri%tiaé:sqtm gt 1d ty of
multiple peak shapes are observed, and improve.the quality of 10decq

1 G S e e B e
Drawings [00131 F10.1 is a block diagram showing the main
configurdtitn 160frd ispeedhlencadingsapparatus according to

Emlpgdimqnt 1 of.the p_resgant.invention; FIG.2 is.a block.diagram
showing the gonfiguratign;inside a second laygrencoding segtion . , ¢; ﬁ ration

according to Er_nbodqnent | of the pre§§nt myen&l._()nﬂ; %gF!‘%@IS a floyvtc agf he
! shofiing SEHECSF SECAHH ey Sr&ricddih PrECESsiRg it seEoNT fayer
encbdirig Bédtiorraceording to Embodiment | of the present invention;
F1G.4 is a blodcdiagsam tshowing: the contiguration insideca shapesvegtoninside
encoding segtion.according 1o Embediment d9fthe, 2apresant invention; of the
FIG.5 is a b_Igck dlaglram showing th_e configuration inside f[he gain vector
forn?lrnagsseen&tlbrﬁvaeélcorod?ﬁg to Embodiment | of the present invention;
2%1G.6 illustrates T detdil the Bifevadd bf Atartjét §ain'8Barrarging Seefon! 2y er
according to Embodimentrizof the presentdmventionayer encoding section
according to Embodiment I of the present invention;

FIG.4 is a block diagram showing the configuration inside

a shape vector encoding section according to Embodiment 1 of the
25 wpresent invention;

F1G.5 is a block diagram showing the configuration inside
the gein vector forming section according to Embodiment 1 of the
present invention;

FIG.6 illustiretes in detail the operation of a target gain

30 arranging section according to Embodiment 1 of the present
invention;

FIG.7 is a block diagram showing the configuration inside
a gain veetor encoding section according to Embodiment 1 of the

pregsent invention;

el
wh

FIG.8 is a block diagram showing the main configuration
of a speech decoding apperatus 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;

35FIG.8 is a block diagram showing the main configuration of a speech
decoding apparatus according to Embodiment 1 of the present invention;

5 FI0.9 is a block diagram showing the configuration inside a

second layer decoding section according o Embodiment 1 of the present

to SEmbodini 2 of the bitebrt ipestonr o o2 it eanri R nsiac
FIG 136ifgstratesnsaltiiesidpévetidicandidated tdutfed i td SRape T of the
vector eodebeole according to Embodiment 2 of the present invention;

FIG.12 is a biogk digoram shewingathesconfiguwration insidesthewsecantt ding to

slayer encoding secfign %ﬁ%or.quQeﬂE’tﬁ’EQQQW@{P} 3 of the present

invention; _ F1G.13 jllustrates range selectlnggyoce55|ng inarange .
selecting sectioh dccordiny™s Efbodidht3 bf the brésenthveh or:ndidates
15F0:14 45 & block diagram showingothd donfiutation isige the sdvohpment 2

layerrdacodingssectionaceareing to Embodiment 3 of the present

invention; Pmﬁ'@' s SQOM%@xya@@ygpﬂ%thsh@@gﬁ gelﬁfé'ng SEEIOM ation
ac:c:_ordlrg[gL to Embodiment 3 of the present invention, 70 50.16 §h wsa .. ,
10 _anside.the sccond layer en %nlgt Sectlon accoraing to Fmbodiment
vanaluop of a fange se ‘ec“ﬁhg [net%o inthe range selecﬁng dection
acchrilingté BritGdieht 350f fe present invention; 1716.17 is a

block diagrari showing:amnariation of the: configurationof theerange in a range

selecting section acGareling to.23Embodiment, 3 Of the-presentdn the present

FIO.18,iIIu§1rat,es how range information is formed in the range information
inveniion. . . . .

forming section according to Embodiment 3 of the present invention;

19710.19 illustrited the operatidh ©f & VAHRHGHLE TSt Slaykderfoti fig vration
tranisforrecoefficient gérenating section mecording toc Emisodignent Smpb thement
preseptrin¥enNieR;ent invention;

FIG.15 shows a variation of the range selecting section

according to Embodiment 3 of the present invention;

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

FIG.17 is a block diagram showing a variaticen of the
configuration of the range selecting section according fo
25 Embodiment 3 of the present invention;

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

FIG.19 illustrates the cperation of a variation of a first
30 layer error transform coefficient generating section according fto
Embodiment 3 of the present invention;

FIG.2{0 shows a variation of the range selecting method in
the range selecting section according to Embodiment 3 of the
present invention;

35 FIG.21 shows a variation of the range selecting method in
the range sclecting 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;
35FIG.21 shows a variation of the range selecting method in the range
selecting section according to Embodiment 3 of the present invention; 6
FIG.22 is a block diagram showing the configuration inside the second
layer encoding section according to Embgdiment 4 of the present
invention; 1116.23 is a block diagram showing the main . i
configuratioanﬁh%‘%spéﬁecﬁ Z?}qc%%}lfn %%bé?é?uswalcoc%rl&ﬁ %%rﬁ“t{))cl)lcﬁlrﬁélﬁta{mn
5 of Bié {rddent iveRtioht Y °F 21y Dass 4 BIORR diagPam Efolfingtie diment
maih cénfigunatior: msidevthetfiest:layer encoding section according to
Embodiment5; ef the presentinvention:;.10RID25:isa bleck diagramiguration
Showing the main configuration inside the fir . ing sectian ., -
oD (T E boa et & (i prosard vanny o RO ST, 5 ot ne
bloéX tiagrant AGWIRG the main configuration of the speech decoding
apparatus actbfdihg to Bnibeditnéhts of the k8presentinvertionc onfiguration
F10.27i issatBlock diagraym showing: the main canfiguration ofithezspeechment 5
encoding apparatys aeeording,to Embodiment 6 of the present invention,
F10.28 is a bJock diagram showing.the main configuration 70.of the .. ,
oo Qs oLy A e O A R g uration
invéatiofe the TA2bsed BIBER Hiagrant $howiAg tRétham rfghatibRent »
of the' speegchcenrcading apparatus according to Embodiment 7 of the
present inventioR; 25F103Q jliustrates: pracessing; afselectingithe sangeuration
which is, the 1arget tp.be encoded.in encoding precessingdn, NG, REEENs of e
‘encoding a ‘aratus.accoroilﬁg to'Embodiment 7 of the present invention;
13F10 B biotk didgramshowing he main configuration 300f the speech
decoding appar&itis’aceordingth Emisodimentorofthe breseriminvenfignration
FI0.32 illustrates B ease wherethestarget ta:-be aencoded isselected:fiam of the

ran%%c&qgljdlqltggﬂgggg;ed at equal intervals, in encoding processing in

the speech encoding apparatus according to 35Embodjment 7 of the.. .
present inverﬁi{)ﬁ;ga%dga balock dxcz.gx.&i% showing the matn configuration

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

FI(G.29 is a block diagram showing the main configuration
of the speech encoding apparatus according to Embodiment 7 of the
present invention;

25 FIG.30 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;

FI1G.31 is a block diagram showing the main configuration

30 ofthe 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

35 Embodiment 7 of the present invention; and

FI1G.33 iilustrates a case where the target to be encoded is

selected from range candidates arranged at equal intervals, in



F10.33 illustrates a case where the target to be encoded is selected from.
range candidates arranged at equal intervals; in 7 encoding processing in
the speech encoding apparatus according to Embodiment 7 of the present
invention. Best Mode for Carrying Out the Invention [001411Hereinafter,
embodiments of the present invention will be explained in detail with
reference to the accompanying drawings..A speech encoding
appgratuysp?ee(;h decading ap aragtusw{ | be usg.d as an example of and. ;
encOlY Appdratis/aetdring apparatis accbrding’td fie prédant?ccordine to
inventic? f5 Bxplain beiow: 1010015 ERB6dIment 1) FIG.1lisa
block diagram altowing the main configuration of speech encoding
appgrcagy%gpeaggpr@_jggrtyq Embodiment;] ot the Present invention.An
example il be explained where (e speech, encoding...apRAIBIs 1o, i1 be
andspeech decoding apparatus according to the prgsent eml‘oodl‘ment '
emﬁléi?}é“s‘&%@abfb é&ﬁﬁghﬁﬁﬁgh b?f\ﬁfdffé%r%? Furthér tReirst yer drawings.
congtitates tie base fayer andthe second tayler ¢onstitutes thiearatus will be
enhaneement layer «[AQ1a]In FIG; 1 speechensqdingapparatie ikQ0 hasaratus
frequency20domain transforming, sestion 101, fitst laygr engoding section
102, first layer decoding section 103, subtractor 104, second layer

Henchbiithy dectioi 1o AR Fultiblexing section 106. [0017]Frequency
domain transforfihg seetibhr 61 drarssformstee wiire domals inpu sigealration
intocaf fraguency:demain: signap,andu2500tpuis the feswting BpUto diment 1 of

trangform cqefficients o ditst layer ,encoding sectign 102 and sUBtActh e e the
104. [001 1]Flrst IaC}/(?r encoding section 10 performsl encoding processing ]
heec .o [ ng ratus

with’ espect t6'tie wfﬁll.ﬁtrélﬁé?é”rfrzﬁ coefficients TBESVEd from‘?requen&]j’ P
1 Sdon%ﬁ@tfgﬁgf@rm‘iﬁg sé’éﬁonﬂ’@’lﬁ%ﬁd embodiment employ a “scalable

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

the base layer and the second iayer constituies the enhancement

fayer.

40167 In FIG.1, speech encoding apparatus 100 has freguency
20 domain 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 191 transforms a

time domeain input signal into a frequency domain signal, and

Fa]
wh

outputs the resuiting input transform coefficients to first layer
ecncoding section 102 and subtractor 104.
[GO18] First layer encoding section 102 performs encoding
processing with respect to the input traasform coefficients
received from frequency domain transforming section 101, and
30  ocutputs the resulting first Jayer encoded data to first layer
decoding section 103 and muitiplexing section 106,
[0019] First layver decoding section 103 performs decoding
processing using the first layer encoded data received from first
laver encoding section 102, and outputs the resulting first layer
35 decoded transform coefficients to subtractor 104,
[00201 Swubtractor 104 subtracts the first layer decoded transform

coefficienis received from first laver decoding section 103, from



30outputs the resulting first layer encoded data to first layer decoding
section 103 and multiplexing section 106. [0019]First layer decoding
section 103 performs decoding processing using the first layer encoded
data received from first layer encoding section 102, and outputs the
resulting first layer 35decoded transform coefficients to subtractor 104.
[00201Subtractor 104 subtracts the first layer decoded transform
coefficients received from first I§¥er.deco Ing section 103, from 8 the

[

input tfand ourf“h'tcrcz)“élffifé?errﬁ?s FSaivetd frborh frebtiehe§ démBint flﬁa%%?‘d‘r?ﬁinéemam
sectibohFO T | Brid Dutsuits tHe reSaking first et errh transforhing first layer
coeHicients:tonsécond tayeifencoding sectionk05a [0021h Seeond layerion 105.
encogding;section 10x;peHouns enceding SPrGessing WAth respechio chcoding
Ihefirst Iaé/éesri%rror coefficients received fggren slrlbtractQ[ 104, and outputs

3 I 1 st L i BT ransf
the Pé:é{}uﬁtlng $écond a%yer‘r encoded data to mulflrpiexm&“s.eeli:tlot’n1 106, HTAnstorm

Furthef fS6C0id fay&F ehichtihg Settions1ds 4 9é ddtfibed ildetaitputs  the
later.e30[002 2] Mektipiexihgysector 106 inditiplexes:thé firstdayep encoded 166.

datarreceived from fisstilayer encoding sectioni 102 apd the seeend laY8hbed in
encqded.data received from second layer encoding section 105, and

| outputs ,;t}e reszultingbitksgr,eam to a transmission channel. 15[0023]F|0.2 _
fs a biScicdiagrdh! ShBlin g the tohtiguratidiindide Y&L6/E fayEtentdding! 2y e
sectiort 1854[0024]1AF10:2: detiond |ayertehicpding seetion 105 heien 102 and
subbanad; e fermingysactian 4634 shape vectdr encodingssection 152 gaoding

vector ferglingesection 193 Aa0 VREIOL encoding,section 1p4 and ¢, .y s mission
90mLJIIthIe>é|pg section 155. [0025]Subband forming section 151 divides

the first ?arllyer' error transform coefficients received from subtractor 104,
Hinto NI% A bb & T 8,andobipiiie Festfingseub!s &n birangforayration inside
second layer encoding section 1035,
[0024] In FIG.2, second layer encoding section 103 has subband
forming section 151, shape vector encoding sectiom 152, gain
vector ferming scction 153, gain vector encoding section 154 and
20 multiplexing section 155,
[0025] Subband forming section 151 divides the first layer error
transform coefficients received from subtiractor 104, into M
subbands, and outputs the resulting ™M subband traasform
coefficients to shape vector encoding section 152. Here, when
25  the first layer ervor transform coefficients are represented as ek),
the m-th subband transform ceefficients e(m,k) (where 0E mS
M-1Y) are represented by following eqguation 1.
{1}
e(m, k) =e(k + F(m))

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

306 [6G026] In equation 1, F(m) represents the freguency in the
boundary in zach subband, and the relationship of
0<F(0)<F{i)<...<F(M)<FH holds. Hers, FH represents the highest
fregquency of the first layer error transform coefficients, and m

assumes an integer of 0<m<M- 1|,

Lat
i

[00627] Shape vector encoding section 152 performs shape vector



b

coefficients to shape vector encoding section 152.Here, when 75the first
layer error transform coefficients are represented as eirk), the m-th
subband transform coefficients e(ni,k) (where 0,111: Nl-are represented
by following equation I. e(i k)= ei(k F(m)) (Equ k < F(in +1)- F(m)) on 1)
30[0026]In equation I, F(m) represents the frequency in the
boundaryineachsubband,andtherelationshipof OSF(0)KE( Ic ... cFIM)SFH
holds, dl-;|} te, b PH re@rqﬁents the. hlghe§t fr@guenbc{;/ of ti‘[e flr%layer EITOL.. i onts
transform co‘efflments and I a: assumes an integer of 0<mc

(005 7TSHAPd Veétor EREbURTy sEdBn £52 ?)%ngrrﬁé’ EH4PS vedniign 151, to
quantizatiebewith pespecttorthedV subbumdtransforin ebeffidlentsibbands  and
sequentially: keceived fromisubbandiferming.sestion. 151, {9 genetateriicients.
shapg &5“30939% informatian of the M;subheads and calcylates targel gainsy .

of the ba.nd transform coefficients. 5 Shape vector encoding

secfi8f 152% ?prﬁfsr?ﬁélﬁélné?afgﬁ %%Sb%‘éﬁeodéa |h?8rrﬁ§t?onat%d cuatputs the
multipléxihg séetiotr 1851 ndcsutputsahe takgetgaingitol §din vattether, shape
formingtsection dibid Further; shape wectomendeding isedtion d52:willibee ;.

desggibed in degtail lajer, {0P28]Gain, vector forming seetion, ;5§J9r']§§;‘?ﬁn%eum

. (gain, V?Pto]r 10vth he M ta et L gains recelvdedffrrom shlag)e vec or or encodin
encoding section 155 and uts this gain vector to ang vector enco Ing &

secﬁﬁhfiS& FUfthér: @aﬁh‘ i/%i’:fér ’Fér‘rﬁlﬁgj ection 153 WH bt desefibed it o ding
detait tatern[0029]Galiv vector encodingesectiofol54iperformsivectdor3 will be

described in detall later.

Uy

[GG25] Gain vector encoding section 154 performs vector

15 guantization using the gain vector received from gain vector

forming section 153 as a target value, and outputs the resulting

gain encoded information to multiplexing section 155. Further,
gain vector encoding section 154 will be described in detail iater.

[0030] Multiplexing section 155 multiplexes the shape encoded

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

[00631] FIG.3 shows a flowchart showing steps of second layer

5 encoding proecssing in second layer encoding section 105
0032} First, in step (hereinafter, abbreviated as *ST™) 1010,
subband forming section 151 divides the first faver error transform
coefficients 1nto M subbands to foerm M subband transform
coefficients.

{ [60337 Next, in ST 1020, second laver encoding section 105
initializes a subband counter m that counts subbands, to “0.7
00347 Next, in ST 1030, shape veactor encoding section 1352
performs shape vector encoding with respect to the m-th subband
trangform coefficients to generate the m-th subband shape encoded

35 information and generate the m-th subband (ransform coefficients

target gain.

00357 Next, in ST 1040, second layer encoding section 103



15quantization using the gain vector received from gain vector forming
section 153 as a target value, and outputs the resulting gain encoded
information to multiplexing section 155.Further, gain vector encoding
section 154 will be described in detail later. [0030]Multiplexing section 155
multiplexes the shape encoded 20information received from shape vector
encoding section 152 and gain encoded ipformation received from gain
vector encodngg §gctlon o4, aand oul;iput hl()a)resultmg bit stream as

secf)lﬁallgffer enco ea data to mﬁ}}[llﬁlexmg section 106. [0031]FIG.3

sholid fibwehart shdwing 'stdfs’dr seé6d fyet Phentduifl ploctesing® 107
in séconddayebentoding sedtion<1@5: {0082] First, in step (hereinafter,
abbreviated as:'ST) 1010, subband ferming sectian 151 dividesdheirst 1050

dayerLfrgn | ra0§f&mhc fficients info,M §§@P?£‘Q%t@sf°fr£‘%4\('n%“l?l?@n91ocmmg
transform coefficient [0033]Next, in ST 1020, second layer encoding
sectibhf10% Fhﬁlallf%é ‘a subband counter m that counts subheads, to "0."
[00341NEkt, inST 10801 sHapé! vectdrieéncbting'sedtioh wzlsérféﬁﬁsdma that
shape-wecterseneading: With fa@specstto thedm-th subbanectransforming section

Cozﬁf%entﬁft@;g%%%r%%%h% n. fﬂ%%??@@%h@f?g &ntg@t@l@g %I@f@rm@@@n

an erate ri-th.su sform coefficients et gain. .

% [Ooég%%e{(? g‘?‘ 1046 secong {{?/Her e%lcodl sectlon Tg%&gﬁ cction 154
|ncr8ﬁiéﬁt’$“’theV§LPdBén‘&i”@dUﬁF@rtﬁ? By‘b"r‘lé #o %ﬁ@éﬂt VRS Hgpmed in gain

second layef enoddingssedtion 105 Heeides whegher or hot ineMgrwoldsate gain
encoded information.

]

[0040] Next, in ST '3080, muitiplexing section 135 multiplexes

15 shape encoded information gensrated in shape vector sncoding
section 152 and gain encoded information generated 1n gain vector
encoding secticn 154.

0041} FIG.4 is a block diagram showing the configuration inside
shape vector encoding section 152,

20 [6G042] In FI{3.4, shape vector encoding section 152 has shape
vector codebook 521, cross-correlation calculating section 322,
auto-correlation calculating section 523, searching section 524
and target gain calculating section 523.

[0043] Shape vector codebook 5321 stores a plural of shape vector

25 candidates representfing the shape of the first laver error transform
coefficients, and outputs shape vector candidates sequentially to
cross-correlation caleulating seciion 3522 and auto-correlation
calculating section 523 based on a control signal received from
searching section 524. Further, generally, there are cases where

30  a shape vector codebook adopts mode of actually securing storing
space and storing shape wvector candidates, and there are cases

where a shape vector codebook forms shape vector candidates

according to predetermined processing steps.  In lafer ¢cases, it is
not necessary to actually secure storing space. Although any one

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

assuming that shape vector codebock 521 storing shape vector



[0037]In ST 1050, when deciding that m-mM holds (ST 1050: 5"YES"),

second layer encoding section 105 returns the processing step to ST

1030. [0038]By contrast with this, in. ST 1050 when deciding that racM

does not hold (sT1050: "NO"), gain vector forming section 153 forms one

gain vector using M target gains in ST 1060. 10 [00391 Next, in ST 1070,

gain vector encoding section 154 perforrqs vector quantization using the

gain vector formed in a|n ve mmg sect| 3asa tar et value,to
generatge ggfﬁ' en(% e int orn%tE)Eb éNSeXl[ in §ﬁp %80 ranu t| ex%ritar t%
seclibhISS fifulfiplexesi8hapeien 6d@atﬁf6rrﬁ§ttéhag%%e‘féfefd> in %ﬁasédm s
vector endodingssegtionvk52ca@nd gdimberrdoded informatiomsgeneraded in < (i,k}.
gaimvegtonencagding.sectian 454. {§041kG 4 is,a blogk diagram showing: ents
_thep mgggat!ogl glde\ shape yggté){aen%odlng section 152. 20[0042]|n

sh ape vector encoding section 152 has shape vector codeb
521t cios éco.fréfatﬁ)r%85}5&%&}@15@8{.6&%22“ auts-tortélation caﬁréuiattﬁg‘* the
sectibhs523; searcHintsettion 524 bid it get (Jeiin Baltulatihfbsetdiofransform
525: §0@43]Shape vectoreddeboek bR istarésta plurakok shapenvedor and the

250?”1@1'%%% representing the shape of dhedirstjayer & gq;gra@sfgg Meodebook
coetﬂ)c ents, and outputs shape vector candidates sequent iall the oross

cross cérre?atlon Cafeuld ating j section 522%nd ‘auto-corfélation cgfcuslatlng
sectiBhrs23Haged 6 5 tbntrdl Sithat PeBéived fromisearchingiskctipheet gain
524k Ucther] generadlis, «thef€ are cases where 30a shape vector eodebook
adopts mode of actually securing storing space and storing shape vector
candidates, and there are-gases-where a shape vector codebook forms

shape vector cardigdies accﬁglnga@pkéde(tefmlned {qoessing steps.In

later cases, it is

15 [0845] Anuto- cortctatlon calculating section 323 calculates the
auto-correldtion acor(i} of the shape vector candidate ¢(i,k)
received from shape vector codebook 521, according to following
equation 3, and outputs the auvto-correlation acor{i} to searching
section 524 and target gain calculating section 525.

26 [3])

Flm+=-Fmi-1

acor(i)= Z e(i.kY ... (Equation 3)
k=0
(00467 Searching section 524 caifculates a coentribution A

represented by following equation 4 using the cross-correlation
ccor{i) received from c¢ross-correlation calculating section 522
25  and the auic-correlation acor{i) received from auto-correlation
calculating section 523, and outputs a control signal to shape
vecior codebook 521 until the maximum value of the contribution
A is found. Searching section 324 outputs the index [sp, of the
shape vector candidate of when the contribution A maximizes, as
3¢ an optimal index, to target gain calculating segtion 325, and
outputs the index i,,. a&s shape encoded information to
multiplexing section 155,

4]



not necessary to actually secure storing spaceAlthough any one 35of the
shape vector codebooks may be used in the present embodiment, the
present embodiment will be explained below assuming that shape vector -
codebook 521 storing shape vector candidates shown in P10.4 is
provided.Hereinafter,he i-th shape vector candidate in the plural of shape
vector candidates stored in shape vector godebook 521, is represented as
c(i,k). Here, k. represents the ki-th element of a plurality of elements
forming shape vector candidate:JQq@#4]Cross-correlation calculating

section 522 calculates theﬁt”f"“ogﬁc}f ?Telatiohgc%ﬁﬂfj BRtWeen the m-th
suhhand transform coefficients received from subband forming section

151;a0d the i-th. shape;westar.gandidate receivechirons sbapevectar the target
Codgba?%?@%r%g&gf%n%& following gquation 2., a0d putputs, the CIeSS c1ation

correlation ecor

t0 searching section 524 and target gain calcul

v , alculating.
sectibh 825, 157 Bt o7 {A-CBtiikicll K (EdUtion DF k2! e ¢ SHion 522,
J0045 Autoudorretation cdlculatip s€ctiors 528 i¢aldulatég the auto-correlation
aute-carrelatian acet(i) of the shape veetor candidate 6¢X) rgceived fram from

shape, vegtar cadehogk 521 ageording fa following equation;3, @ddsain vector

outputs the auto-correl?gqn acor(i) to searching section 524 and target

formine.section
gain cafetifating section

PO

3
e

30

5] 25. 20[3] acor(j) ., (Equation 3)

gczin:—cfw- ... (Equation 3)
acor(i,, )

[0048] FI1G.5 is a block diagram showing the configuration inside
gain veclor forming section 153,

[6049] In FIG.5, gain vector {forming section 1533 has
arrangement position determining section 531 and target gain
arranging section 532,

06561 ’Arrangﬁment position determining section 531 has a
counter that assumes “07 as an inttial value, increments the value
on the counter by one each time a target gain is received from
shape vecior 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 1533, and
processing in the counter provided in arrangement position
determining section 3531 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 uvpdated,
arrangement position determining section 531 outputs the updated
value on the counter as arrangement information to target gain
arranging seciion 532,

[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 vecior encoding section 152, in each



[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 segtion 524 outputs the index iopi of

the shape veclor gandidate of when the confribution /A MaxImizes, s, .4 from
30an optlmaf‘lndex, to target gain calcdlating sectior’525; and

outplitsBielridetibtassrdpsentotiddinformationtd Miftipidiang s&cidaned 2s 2
155z vaebr (iEqguation 4§ [004 7] Parget gairt cateuldtirig sectionb526ccived from
calciajes thedarget gainacearding te fellowdrgieguation 5 using the
L£1o5%:698rplation-ceor(l) feceived fram ¢ross:corglation caleylaling, seelion . i,
527, 5 the ayto-correlation acor(i) received from auto-correlation
calclifitisectfon™s23 HHd the optimal index iOpt received from searching
sectibil 524, drid Blifputs et t@ Gaind/ee o forming gédtion 183.BJcd in the
[0048}H &5 isvaalotk, diagean showingdhie contigyratian: insidé gairbuffer and,
vector forming, $eclign 153 [POAINRF .S1aalNvedtprioFMing. target gain is
pectionioshas, . amaggement posiion deleymining section 831.3nd., e
target gain 15arrangin Section 532, [6b50]Arrangement pdsition et
detéf%nﬁiih@é‘ééﬁéﬁ%éi"ﬁéé gLain arranging section 537 outputs a galn

vecior formed with the target gaing arranged in M buffery, to gain
vector encoding section 154,

[00547 FIG.7 is a block diagram showing the configuration inside
15 gain vector encoding section 154,

[0055) In FIG.7, gain vector encoding section 154 has gain
vector codebook 541, error calculating section 542 and searching
segtlion 543,

[00G36] Gain vector codebook 541 stores a plural of gain vector
20  candidates representing a gain vector, and outputs the gain vector
candidates sequentially fo 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
maode of actually scscurin.gi storing space and storing gain vector
25 candidates, and there are cases where a gain vector cedebook
forms galn vector candidates according to predetermined
processing steps. In the later cases, it is not necessary fo
actually secure storing space. Although any cone of the gain
vector codebooks may be used in the present embodiment, the
3G 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 vecior candidates stored in gain vec¢tor codebook
541, is represented as g(j,m). Here, m represents the m-th
33 glement of M elements forming a8 gain vector candidate.

0057} Error calculating section 5342 calculates the error E(j)

according to following eguation 6 using the gain vector received



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 20counter reaches the
total number of subbands M, sets the value on the counter to zero
againHere, M is also the vector length of a gain vector formed in gain
vector forming section 153, and processi@g in the counter provided in

arrafiqement pesition determining seation 31 edyale ddIng e vale M aace
the countér 7 byt evector'ieﬁgt%”of%he@iam vectorand ‘fin ing its <*

rem=iRAEY CThEIE the! Fallfieon e EsbAtk asslinfesdan intager Yerween: E()
"0" and EMF4it Eachetime the 4alue on the counter is updated,
arrangement position determining section 531 outputs the updated value
on the counter as arrangement information to target gain 30arranging
ssection 532. [OOSl]EéerftEaﬁgwawaﬂg@'ﬁJgfsﬁf:tion.5(3,241@&M;buaf\jers that
assume "0" as an initial vattie and a switch that arranges the target gain
recéiVed flom Shapevedtor eAcoding settionn152 ireeacty Miduffermand . and
this switeh asranges.thedagget gain teceived fram shape yectorenceding rmin g
sectigp:152, in a buffer that is assigned as a number the value shown by
arrangement i fprm,tion rquiv.ed fro arranggment position olle;terrrr]ining )
se(?{%qr)l gﬁl ﬁéé‘gﬁ?ﬁ}&ﬂlfﬁétir(éfesbt & Gperatibh &f (ARget gair drHgi © 82in
Hsecti6h 532 Gt debhlo foos8]In'rit 16 Hivhen iartangementisforiation crror E()
inputted indhefswitch shiows#'0; i theitagget gainds arrangeth inthe Othrches for
buffer anda when areangemgniiRfermation shqwsy, M-l thestargef 9IRS s the
10 3trapgac indhe. (M TEin oyliar, Yhen 110 gains e atanged Al s 155,
buffers, targét aift arranging sectlonogélﬁ outputs a'rain vector §rmegI
witht tHebthtgef g&ins Sirdngéucik MiBafiers, 18 Yaitvettor Bhcddingn figuration
1sectidbn $B4ech decoding apparatus 200 according to the present
embodiment.
0061 In FIG.8, speech decoding apparatus 200 has
demultiplexing section 201, first layer decoding section 202,
second layer decoding section 203, adder 204, switching section
240 205, time domain transforming section 206 and post filter 207.
[0062] Demultipiexing 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
25  the second layer encoded data to first Jayer decoding section 2072
and secend laver decoding scction 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 ercoded data including
30 the first Tayer encoded data and second laver 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
35 and outputs “2” as layer information in the latter case. Further,

when deciding that all cncoded data including the first layer



[0054]FIG.7 is a block diagram showing the configuration inside 15gain
vector encoding section 154. [0055]In FIG. 7, gain vector encoding section
154 has gain vector codebook 541, error calculating section 542 and
searching section 543. [0056]Gain vector codebook 541 stores a plural of
gain vector 20 candidates representing a gain vector, and outputs the
gain vector candidates sequentially to errgr calculating section 542, based
n the controlignalrecelved fram, searehing spalion $43,EUMICE 1 14ip1exing

eneral? there are cases where a qaln vector cogl ebook adopts mode ]f
actaéw ’s%%un% Bfdrifg Bpadd aha ' SIOFHY ghiA VAGDE P504HHIdARS: Hrig e *©
theraecar%reaseﬁlwhéma dainevector eddébdeka and second layer encoded
fornasgainvectarcandidatesaceordingtopredetermined pracessingyer encoded
Steps,|n the ek Gases, i pggggcesg»gg/ﬂtoz@ettgqjlg SEEWeSAING decoding

space. Althou h.any one of th In vector codebooks may be used in the
predé&fit ehfibodiment Hié 130 grés%ﬁ{j ePib8diient Wfﬁl’bédé’fﬁldlﬁgd‘ Bedold - t©
asstimingthat gaintvestortbdebook 541 storing gain vector candidates

shopwn 3E1G. Fis proviged: Hersindfier, the ¢-thogairt vectorecandidatedfcoding

the plural of gain veerr C@E‘Q'dﬂ%ts'f@ﬁ%@ in QaInMESior £00lebanke5ddaiS ey o m

| Jepresented qs 9911: ere, m represents the m-th. 35element of M.
elements forr aga‘flﬁcveigt%r c%ndléate 63?} Errorccélgﬁi]at%ng%ec ion fayer

542%&188@%@%@&%@ 13%)§ Scdrding t6 f%)ﬂ@\R/Fné taarbr B skt ection

gairtvector received 14 from gain vector forming section 153 and the gain
vectercandidate segeived feam gain yectorscadehaok b41,and outputa the ding
error 51 fe:58arehin Q%S?%téo%ﬁﬁnfcg] 89, ZQ)%ﬁc(J%]el@tlggt@ 0058014 from

equatlon 6, m represents the subban number and
15 " demullipleXing section 201, and outputs the resulting first layer

Lh

error transform coefficients to adder 204,

[0G65] Adder 204 adds the first layer decoded transform
coefficients received from first layer decoding section 202 and the
first layer ervor transform coefficients received from second layer
20 decoding section 203, and outputs the resulting second layer
decoded transform cocfficients to switching section 205,

[00667 Switeching section 205 outputs the first layer decoded
transform coefficients as a decoded transform coefficients to time

domain transforming section 206 when layver information received

LAy

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

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

[0068] Post filter 207 performs post filtering processing such as
formant emphasis, pitch emphasis and spectiral tilt adjustment,
35  with respect to the decoded signal received from time domain
transforming section 206, and outputs the result as docoded

speech.



gv(m) represents a gain vector received from gain vector forming section

153. [0059]Searching section 543 outputs a control signal to gain 10

vector codebook 541 until the minimum value of the error E(j) received

from error calculating section 542 is found, searches for the index jopt of

when the error EU) is minimized, and outputs the index lop] as gain

encoded information to multiplexing sectign 155. [00601 FIG.8 is a block

Qiadap showing he main configuratian, 1oh sneseliecodng. ARRAIAN Pasiac

according to the' present em odiment,

[Ooéiflﬁlif}(}@ §5eéic%%fe%b‘ﬁm§5f)b’aﬂr3tu§§00has demult plexing section

201, 0firgt0lhyer decobity $ectiors 202, skeontl |ajer déicbelingseidtion 2087  has

addey204¢;switehing seation 20205, tinggomais dransforaing.section 206g ain
sand, postfilter, 20710062} bernuifinlexing seton, 291 de.muliiplexesher; cien s

bit stream transmitted from speech encoding apparatus 100 through a

trarfSHiS5fdn chaiRel “ifts the first layer encoded data and second layer

encdtedldata bh@m%eutm}t%’th%&nrmetay@mer?ceéieéuaﬁlaﬁand‘gstﬁé%é BhEs the

layereneoded gatade Jirgt:layern decodingvssttitn 202 andi$eqond fayersection

decogling,sectian 203.respeativehs Howeyer. there.are Gases depardingation,
on thedstate of tthe trlansn;hssmn chanrhelcge ‘QL he occurrence
C

f
congestlonlﬁ Where part of encoded ‘data‘such as t eégléon Gg rflln encoded
encoded datd ofF erodeliidita ihtflding 30%hE Titst layer erfcbliedfita Veoior
and:seconehlayet Bnceded date; is lost. Then, demultiplexing section 201
decides whetharqnly the first layes enepded daga is inclydedda the candidates

received, en 59@(?0' daig Ottbeth ttt% t'tStJa.y&rle@%%%%g data @9@@&9@% shape

layer encoded data are included an outputs as ayer Information in

! Sthe 16rheF e58€ $33A0 odtplts! o B5aYer I8rmPatightis the fandp#Pe veeter
caseaPuriter, ewhleneecidinghthatsiirencoded ddtd idelliing the firstlayet from
encoded datal andisecond tayer encaded:dataris dost, demultiptexing transform

secgg@ 201, Qelr{ogwapreq[?ger@pgq gogggensatlon processing to
J%L?t e fi st ayer, encoded a dfeq gld Iayer encoded data

10

’c'l 1didat
out uts th firs Tayer encelgdec?gata and sééon lla ergencoae&g)dat% tr teates

2 %irsti ket dedodiing séton'202 aitdgeébﬁaoléyéf‘tﬂ%&%?ﬁé REfiGhIsH3, i n gain
respectively, antkowtplits 21 asi tayériiférmatich, to:switthingisection  vector

205, z[QQﬁ%]HrﬁtJﬁM%Hﬂe&pdmg seetipn2Q2 pedormsdecoding processing from
usm(gcthe fi rst |9¥? ﬁ §nc§) q Qgta ,t;eclelvet% fro)tp 10 de&ptélypl@gp(grsegtlggs form
201

ou uts thé resulting first layér decoded transform coefficients to
adde? ?bféi Hid SvaitcHiAg '$B&i6R P08 [0064]Second layer decoding
2 5sectiBA 2OB performsadevodirtg r proeessing usingliiid setarid kyering section
encoded gata received from ilbgemultiplexing section:20t candaUtputsn shape

the@%%‘t'&'(‘gcféfékl?zygk 232 by the gain vector candidate received from

gain vector codebook 233 to generate the first layer error

transform coelficients, and output the first layer error transform

30  coefficients to adder 204. To be more specific, the m-th element

of the M elements forming the gain vector candidate received from

gain vector codebook 233, that is, the target gain of the m-th

subband transform coefficients, is multiplied wpon the m-th shape

vector candidate sequentially received from shape vector codebook

35 232, Here, as described above, M represents the toial number of
subbands.

00733 In this way, the present embodiment employs a



error transform coefficients to adder 204. [0065]Adder 204 adds the first

layer decoded transform coefficients received from first layer decoding

section 202 and the first layer error transform coefficients received from
second layer 20decoding section 203, and outputs the resulting second

layer decoded transform coefficients to switching section 205.

[0066]Switching section 205 outputs the-first layer decoded transform
coetflc %S @?ﬁl %e%q,de 190 %ngfoo @ecgggg?ngss@atjmeog%@&u gsignal (i.e.

trans orm‘ln section 206 when T’a erjn rmatlo[} eceived 25 f r?

merﬁ%‘l’tlpféf(h%g $B&fion 207 éh&\?\f’s“ﬁ R otSits A& Second Tayd

decotéd trnsforin coefficients kb tebdded %réﬁéﬁbl?m eoetfidients 16 timeg » then
domain: transfepmingsegtion 206whern layer-aformaton showsy2:imizes the
s[00671Time; damain fransferming seqction, 206 transforms the §Qéd§ﬁ(a§!%d vector
transform coef£|C|ents recelved from SW|tch|n sectlon 205, mgo“

domé’fr% S|gnaﬂ ang ou}puts {36 re&iitit ing (ﬁecﬁéed%lgnal t%cﬁost? er stiy fhis
[006B3Fbst fitet RO eifobfits Hokt FterinpotBasifg Saar he forfiaf e o dine
emphasisy pitch emphasisandegpectrat tiltadjustrnentp35 withy respéctitd basis
the decoded,signal keceived.frem timedomain,transferming:section g@ﬁ, signal
1 @nd Qutputs, the result és?de‘ég‘é?gfp%%%‘ SOI0069IFIG.Q IS5, RIOCK 35 0 tne
dlagram%howmgt & con iguration’inside Second layer decodln sectlon
203: J60761th FIEP 9, Sdcditd Taydr detotity Sadton ST RagP | 1R v eRtion fhat
demultipléxingbsection 2342 shdppe vetrdrtodetiook 232 5 fainiBvectorh respect

codebopk 233 cand first layerarroks ransformy coefficient generdting distorticon.
Secﬁi%& the target gain is a parameter that can be calculated after

[he present

15 the shape vector is encoded ag shown in equation 5, and, therefore,
while the coding scheme like a conventional art of performing
shape vector encoding temporally subsequent to gain information
encoding cannot use the target gain as the target for sncoding gain
information, the present embodiment makes it possible to use the

20 target gain as the target for encoding gain information and can
Turther minimize codiang distortion.

[6076] 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

[
iy

adjacent subbands of a target signal is similar, and the similarity
of target gains between adjacent subbands is high likewise.
Therefore, ununiformed density distribution of gain vectors is
produced in vector space. By arranging gain vector candidates
included in the gain codebook to be adapted to this ununiformed
39 density distribution, it is possible to reduce coding distortion of
the target gain.
[6077} In this way, according to the present embodiment, it is
possible to reduce coding distortion of the target signal asnd,
consequently, tmprove sound quality of decoded speech. Further,
35 the present embodiment can accurately encode spectral shapes for
spectra of signals with strong tonality such as vowels of speech

and music signals.



[0071]Demultiplexing section 231 further dem ultiplexes the second layer
encoded data received from demultiplexing section 201 into shape

encoded information and gain encoded information, 10 and outputs the

shape encoded information and gain encoded information to shape vector
codebook 232 and gain vector codebook 233, respectively. [0072]Shape
vector codebook 232 has shape vector capdidates identical to a plural of

shape vector candidates provided in shape 1.5 vector coclebpok 521 in. .
T O TG e oy A aaT ok EoRes a ool rude i
encodladinformalivnireteivad fromt teifitiprexintfséstiort 29180 firgtn ¢ shepe
layersrrortransform ceefficient generating seetionh234: {0073]Gaimydctarde is
codebopk;233has;gain vector eandidates, 29 identical @ a pluralof gainin and

yecgq{’&%gnqlggg%srproﬁlgecdolglt z?"lqril \x{vet%?r 1(13d,et‘?zv08l§1 Eﬁ'}]e IE I;%gn?f %quj,edimeﬂ t,
outputs’the gain vector c;andldate shown tbyt e gain encoded information
recéivBd R eriUliplekiig sechisn Y31 fo'fifst 1dy8r efrdf thAngmimer of the
coefficient genératingtsetion 234, 195[00 24 Firstdayer error traksfdrmgain  that
coefficiant generating sectioni234 multipliestthe shapevector candidated shape
recejyed from shape veglar, epdebook 232 by the,gain vectae candidate,, ¢ g5
received from gain vector codebook 233 to generate the first 1ayerhe.r(rj'?r ality
GranStifn EBEHICERTS? ARt olitptit the #ivaE 14K effor trahsform Qo M1 e ™ auatity
coefficieritsat addek 204 1 Fobé hidre $petific, the m-th element of the M
elementssiprmingrthye gain ivector tandidate reiceivedeframegaihaveetdr wiih the
Cod?PQQgr&?{gnﬂB%tgii?‘mt@ﬂ:t%@%tng@E@a(ﬁ{15'1‘@ MR subhand tansioem domain is
coetficents, 19 fautiplied, upan e e AR vetol SBNIdteo  ming section
sequeéntiafiy received ?rom she?/pe vettor codebook 35: 32.f3|ere,_as -

! Hesdrideahoves M représarisithietstrumosof s6BBad8 2[00 75T tRise sent
wayi tve present embodimeniterhploys aisl.7 céifignratfonof eacedingehesctor
speetialshane of atanget signabi.eothe fisstlayes ercarsansiorm plurality of
coefficiants yith ihe presenj empodiment) on gaer sybband basis,(sharg, (ne

vector encoding), then calculating a target gain (i-e. ideal alq) that
miniiiz8S thé BRSO betlédr? tHe t3rget Sigharnd 34 adcoded &fiahe™ "
2 §ector anck entodingctheitaggetgain frat et galit enesding). By tHissmeansitrong
comparetite the seshameylike:a conventionak arpof encoding the enésgy may be
component;ef g targetsignal on a per.subhandbasis {gain Qracalefactafen the
S R e o SR Myains are
compotient and then encoding the spectral Shape (shape vector
encoditig)! theprededt iveritidiP i dictided thd target e For ector and the
2 minimizing the distertdon wdithdrespect to a target signal, can essentially
minirgize cpding.digtertion. Fusther, the fakget gain is-a pararpetenthat Ganh the

be Cpall'ccl'clslgitﬁdeaig fodiment 2s an example where secaond layer encoding

i

section 105 has multiplexing section 135 {see FI(G.2), the present
invention is not limited to this, and shape vector encoding section
39 152 and gain vector encoding section 134 may output shape
encoded information and gain encoded information directly to
multiplexing section 106 of speech enceding apparatus 100 (see
FIG.1}. By contrast with this, second layer decoding section 203
may not include demultiplexing section 231 (see FIG.9)., and
35 demultiplexing seciion 201 of speech decoding apparatus 200 (see
FIG.8) may demultiplex and cutput shape encoded information and

gain encoded information using a bit stream, directly to shape



15 the shape vector is encoded as shown in equation 5, and, therefore,
while the coding scheme like a conventional art of performing shape
vector encoding temporally subsequent to gain information encoding
cannot use the target gain as the target for encoding gain information, the
present embodiment makes it possible to use the 20 target gain as the
target for encoding gain information and gan further minimize coding

dlstortlgn [OO76JbFur3{’|e;3tne Qdesent embedllmte(r}'l&gmp(!&yzé aﬁcong 9,%’!;%@99313:

of formln and encoding one an% vector using target gains ofa Iura |ty

adjéeér%ﬁs)ubaaﬁdg Eh’er@V forhlatiorBatwebh 23 &) &faceht LiHdhay o the
a tapget signakis Bimiilar cand the similarty:of tdrget ghimrs betweepr correlation
adj%@@@hwhl&ands%i@thigh likewise. Therefere; wnupiformed gdensityon ccor(i)

ﬂ'stf'?yy%'ég dgates m%CJ?{é AS"Pf?QH%%deE’é M%%%@Q@f:@n By aUanging gain, (nis

vector can cluded gﬁln codebook to esglglagte to tl11 —
unuiiforistf 30° YEsit) %ﬁ&nﬁﬁ ot 19 poS&ibIL D rdddcd ddding' cuiate toe
distertion ofthietargetgatn o007 7HA TR Wag, Aecdrdlihg Yo the bﬁéeenfm 7 to
embedimens, ithis pessible faireduce cqdingdistortion ohthertangetsignalum by
and, Sgﬂfﬁﬂy%nﬂlé e'énp&%"eg gound quality.of.deceded speRGR HUMhEE. 35y .
the Eﬁ;sent embodiment can accurately encode spectral shapes for

spe of signals with. stt;ong tonality such as vowels of speech and music
signals. IR [Qgg,fi],lfurthe ith g,canygRtional art the spaciral amplitude
controlled by using two p&tameters, the subband gain and shape vector.

This gan-be copstryed thak the spegtyal appliudesis represgmfede lated to the

sepapately by;} Ppsraﬂket%{ nm%Sugpa@edpgemlangnsmegefleecg%sBywhen a

contrast Wltht IS, with present embo |ment the spectr mp |tu e.Is
contFSTEHGy 137 orie Pt otdh bF 8 T4 ok at ARG, SR ATAEL Stics-

1 gairl {944 Idedl gaih that minirizés the:codirg: distorion vith Crééﬁ:e@t&o section
the epgoded shaps yveciae Caonsegquentlyy itris lpassibledoqgtfiormecording  to

encegding 10efficiently;compared.to.a.conyeptiopal art @ﬂ% realize Pidh e pruaily
quall% sound even when the bit raie is low. 0079 Furt alth}?lﬁ%eroeﬁmauy

casehB8 5a8h &Xpiained’ rh|c}?es%1r’1 HBAdiMEAt as Ar example whers t
frequeney E:Fd’rﬁéiﬁ% divigled into a plurality of subbands by subband
2 forniitig section 15151 and encoding is performed on a per subband basis,
the present invention is nat#irpifed-to this. By performing shape vector
encoding tempordfi§¥piGT to gain veetér éﬁb&glng, a plafdity'sfsdBbands
. may be encoded collectively, 6 that, similar to the present embodlmen'&?
is pe8dibielto prdvitan ddvhrtigeé Of ThDTE ablufAtE y'érfcotifg'the >+ MY
spe@tarad:shaiﬁesiefe&gmaigoﬂmenwmﬁylwchcasf@d\é\fe‘fsl%reék‘a?ﬁpie} 9 to
a canfiguration maay Het possiblenwhere shapepectoreneqdingaist spectrum by
» performed. first, then the,shapg vectar.is,divided info suphands.andstargely m .

gains are caﬁ:ul ed on a per subband basis to form a gain vector and the
2593?& vector is encoded.

E(J')=ZW(M)-(EV(M}—g(J,f?-?))z ... (Equation 9}
r=0
[0083] As weights in equation 7, equation 8§ and equation 9, for
example, weights may be found and used by utilizing human
30 perceptual loudness characteristics or perceptual masking
threshold calculated based on an input signal or a decoded signal
of a lower layer (i.e. first layer decoded signalj.

[00867 Further, although a case has been explained with the



[0080]Further, although a case has been explained with the present
embodiment as an example where second layer encoding section 105 has
multiplexing section 155 (see FIG. 2), the present invention is not limited
to this, and shape vector encoding section 30 152 and gain vector
encoding section 154 may output shape encoded information and gain
encoded information directly to multiplexing section 106 of speech
encoding appargtu%_loo (tse’e‘FlG.ll. %y“?ontr st with this, second layer 1
decddifngSectivn Y0FHRAY Hot ifILHE dembitiBRkiig SBaAGN 231 fdes ne0dine
FIG: 9}, tant 35 denititipléxify sectioh2007of speech detadintrapparatds . the
2000 (see F1G.8) may demuliplex and Duiput shape ensoded informatioarn  the

and,gain epcaded ipformafionusing:a bit stream, dirgctly 10shape 19dins 1o

svectar,gdepook 232,anq gain yeclor sodeboo 6233, respectively) 00811,y
Furtehqer, alltﬁough a case has been eXpialne(fW|t thie p“resenct embo |men%

as af SXEMPle Whefd Erddstofreldtfditalénating Section 522 ¢8Ictftes 2 tion
the Trossicomelation ced(ilacedrdimgptbveguatiom 2, the presemtiinventionidin g
is net limited teithisand cress-correlationicalcytating section 522 may
.cal%lg%t e %@lﬁ%ggﬁrﬁlg\ggrh?cor(i) acco_rding to following equation 7_to
jolncreaset'e ,c,\ontrlbutlon“of aaperceptu_ally |mportan} spectrum by applying N
a great weight 18 thePS&EBpthAfy MPErtaftishectiim. 7 () &ESj‘A(lﬁyf coding
-14766) TAFZ KR ek Egration 7 =ad0082]In tqaatibhe7, wEdent invention
repeasents;a: weighinrelatedig the charactaristies of human perceptiorranthn as
increasesvhen & reguency ias @ Nigher IMpPRHAaREe B RRICEPIYRL 4 ratus 200
chaacteristics. 10083 Further, smiary, afo-gorrelation calculating. .~
secﬁon%é% may calcufaté the auto-cdrrelation acorli Ian(lzfefcl)j“ri“rdlng to fro
P ol dwhri 8 dtion '8 1O ricrdase thePéartribitio  of epéreeptually
imppitaht specwuripy @pplyingas great weight to the perceptuaklysrding to the
impprtant speeti.d2@[8L ACoHP8=10 illustrates the spectrum of the
fapanese vowel “0” ag an example of a vowel.
[0089] In FIG.10, the horizontal axis is the fregquency and the
20  wvertical 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 whichk one of multiple peak shapes is placed.
[6050G] FIG.11 illustrates a plural of shape vector candidates
25 included in the shape vector codebook according to the present
embodiment, |
10091] In FIG.1Y, among shape vector candidates, (a) illustrates
a sample (that is, a pulse) having an amplitude value “+17 or “-17
and (b) illustrates a sample haviang an amplitude value 0.7 A
3¢ plurality of shape vector candidates shown in FIG.11 include a
plurality of pulses placed at arbitrary frequencies. Consequently,
by scarching 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 éandidate is
35 searched for and determined with respect to a signal of strong
tonality shown in FIG. I3 such that the amplitude value

corresponding to the frequency at which a peak shape is placed, forx



ForH w(k) c(i,k)2(Equation 8) [00 84]Further, similarly, error calculating
section 542 may calculate the error Et]) according to following equation

9 to increase the contribution of a perceptually important spectrum by
25applying a great weight to the perceptually important spectrum.
w(m).(gl'(n1)- g(j,m))2 ... (Equation 9) [0085]As weights in equation 7,

equation 8 and equation 9, for example, weights may be found and used

by illzing human 30 PRicepIual Iudness CAaCIRNRcs PLRSIGERIA r1c. 10
masking thres oid caf‘c,ula’g‘eévbaseg on an input signal or a_ decoded _
SigralsarRIdWar fayer (8. fifdt faybh UEEBHE T sighal) 160861 FuHher: ) 2nd the
althougt iachse hasibeen explainéd: withithe prélsent éhfbodithentgs ain shape
examplewhere shape veetok ercading section 152 hastaatpycorrelation
«calaylating secfion, 523, the present invention,is natlimited {0 tisiandm coding
when the auto-correlation coeff;uentsﬂa\e{r{or(l) caljcu%ateg agcordmg O, ain is
equtBR % BHihe Bt cdite BtiBR CobfridiehtsSASSr) talcdlated acdording' * -

to equatior8beeorie edhsrants, the BLito ebffelktion: abbr(iy Hike gain and
calawlated in aflvancecand wused:witheut praviding:auto-gorelatienspectrum is

calculating gection §73. [QQ87/(Embadiment 2) 19The speach encodingd gain
; Pparatus and speech, decoding apparatus according,to Embodiment.2 of .,
the presenflnvent?on emp?o the’ same pon%lguratlon and per??o_rms the
samie sPeration 48 spEecH enebdifg apparas toddnd Epestt detbiing f the
apparatus 200 deseribed in Embodimentdk, ard: BEndbodiment 2tgiffekds means,
fromylSEmhediment.d onh:ip the shapeivector codebaak 0088TO: encoding

explain the shape, vegtor gadehoak acgording (g the present.embadiment,. iox
FIG. 1%) iifu strates the spectrum of the Japanese vowel "o0” as an example .
Lot aVSWRAL [668STATERE.AD, the KbridntArarisis e fredUeney arfd e 2 on
20 véirtical taxis.ig logaritimié energy efthe Spectririt.oas showh it FIGSE ! the
in the spestram of apvowel smuttiplespeak shapesharh observed; shiawinga peak
strong.topality, dw&*}%dEm the freguengy atwhich ene ebmyltipleRgak rance
Shag?salsfg ?gepéak shape). Ia this way, the freguency position of the
20 peak shape changes, causing scund guality deterioration in a vowel
portion of a speech signal with a strong peak and a music signal.
[0093] By contrast with this, the present embodiment employs a
configuration of determining a shape vector first, then calculating
a target gain and quantizing this target gain. When some
25 elements of vectors include a shape vector represented by a pulse
of +1 or -1 as in the present embodiment, determining the shape
vector first means determining first the freguency position in
which this pulse rises. The frequency position in which a pulse
rises can be determincd without the influence of gain quantization,
30 and, consequently, the phenomenon where the true peak shape is
lost or a false peak shape appears does not occur, so that it is
possible to prevent the above-described problem with the
conventional art.

[0094] In this way, the present embodiment employs a

(]
(¥4

configuration of determining the shape vectior first to perform
shape vector encoding using the shape vector codebook formed

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



[0090]Fie. 11 illustrates a plural of shape vector candidates 25included in

the shape vector codebook according to the present embodiment.

[0091]Iin F G.11, among shape vector candidates, (a) illustrates a sample

(that s, a pulse) having an amplitude value "J.1" or "-1" and (b) illustrates a
sample having an amplitude value "0."A 30plurality of shape vector

candidates shown in FIG. Il include a plusality of pulses placed at arbitrary
ffe%%%%'?&f_ggfk%%%%%nr}'e@ by, searching for,shane, vector capdidates 4 raise
shown in =10.11, iti$ possible to more accurately encode a sspe%t umof 4
stréhg tonality SROWATRIRIE16: To'be Hote™Htific, & Shaps Stior 0 cnoode
candidateds 85searchied for arck détermingd with respeéct tosa sigrial vp wels of
strang: tonalityshewnink Gl Osuchthattheamplituge walue icerresponding to

sthe H&%@PCV(%%QH a @E@l@ §hape is placgd, for 21 example, the

amplitude value in tJle Qosgthn of Fx .?,;‘PW”‘ in Fg}gﬁ.lionases[Hrpoens "g}; Of o from
"-1" (i.e. the sdMplé [8)Shown it FIG1) Ahd the amplitude value of the .
freduareyddther thhrl the Peak ishafe @edtimes *0" (8! the Sdnife fy tonality
shown:inFtg.44)r {0092]Withpa: conventionakart of perfbrminggainthe selected
enqqg{%g temporally prior to shape vector encoding, a subband gain is
quantized, a spectrum is normalized using th bban in.and t T

e L ot t.e ol Ve D b e Shor e b et
quahti2&tich Qitortien bf tRE SUbEAhd°GHin T0°beeSmas BignifieRntdyy 2o n 8
makipgethle bit raté lowet p the niormdlizationceffddrisecomegifittid andihe! (see
dynamic range of themaermalized speeyum sannotke degreased much.only in
By tﬁ'% 1@3%@?’ %‘%9%”%@@” §Iﬁpo'¢§‘il-fb,e fQé'QWE‘IQ Sh@peiggcg;g{d of second
encoding section needs to be made cogrse aﬁq,ath%efore, qugntization 15 ..

L3disthHIGR iRtFeASes BERYS the tntluencdfthis Guantization distortions ™

the pBakshape of alispesteamh dttenaates ('@ ok 6PHE friie peaK ke present

shapg)b anthihe specimimswhich dees niotifdrim & peakeshaperistamyifiedviil be

and_appgars like the peak shape (i.e. appearance of a false peak

PRI b e eaven ppsiferot e POPea Sane LRIt rarion

cau und quality deterior ion in a vowel portion of & speech signal
2 Gwith BSHENGEeAIL alfty & isho Sitihal S {093 BY (CoritF &St Withdnis, {?‘ié present
presemb embodiment iemploys a configuration o deteriining b shapes cmploys
vectarfiestthemealculatinge uration as second layer encoding section 105
described in Embodiment I {see FIG.1), and the same components
will be assigned the same reference numerals and explanation

thereof will be omitted.

]
A

[0098] Second layer encoding section 305 differs from gecond
tayer encoding section 105 aceording to Embodiment 1 in further
including range selecting seetion 351. Further, shape vector
encoding section 352 of second layer encoding section 305 differs
30 from shape vector encoding section 152 of second layer encoding
section 105 in part of processing, and different reference numerals
will be assigpned to show this difference.
[0099] Range selecting section 351 forms a plurality of ranges
using an arbitrary number of adjacent subbands from M subband
35 transform coefficients received from subband forming section 1531,
and calculates tonality in each range. Range selecting section

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



a target gain and quantizing this target gain.When some 25elements 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, 30 and, cgnsequently, the phenomenon
Whereithe true pealﬁshape is Jost ora fel%e peak sh%)e 5)[? IT does not

W he ang xifn SBCTI{JH
occur, so {hat itls p055|bllégto reven tche above escrlbe

the ESAveHtibNAFAR. e[O@Q&ﬁﬁfthl%‘Wél ithe préséht %mbbdlmerrf‘é%ﬁblﬁys range
a configuratign of determiningithe shape vectorfirstdo perform stiagpe will be
vectorengading ysing dhe shape vector codebook formed with the shape

HECK SHEAINAA PLises 201 L HOSPINE 0 72 SRECIMIRONEIENC shape

spectrum aving a strong peak and Jaise a pulse at this frequenc

meatts i fs posEibid fo EHo0d8 e Sightis h%i/ilrfg tie SPectd 8 }r%%& only in
tonalityestich s vowesoft speethr sigridls Hnd music siglalddd highange from
qualitys Q095 l(Embogimenta3)fficic tEmbadimient 8 ot the presentnd forming

invension diffe g from EYPQOQ'HWe%;{LQQ sglecting.arange.(.e; \,r@gm@) @Ja range
stron tonall'g in the s eggtfm 59}13 h S|91r]1al agd encodlng 0

140 fecting g L)
selected range.“ 10 68 61The spee enco arg?us a6¢ordi
EmBbdimént B%’Ftﬁé’ present ifvéAtion Lem.a.a& ‘th%“ﬁﬁféftcfrﬁlg{ﬁﬁiéﬁ by and
speéchaahcdding bpparatustl0 actordingsto Emboditént t (see FIG.!),
and giffers)fromispaech; encading apparatus 10Q only dn cluding secqnd range
Iayer%:}chlnyg secpon 39? ,instead of second 15 layer encoding section

erefo’f"e the overall configuration of the speech encoding

1 appafattid hecbtdftt the B}Esgﬁ’f ehiBoaImart fs Hot'SHowt Ghmey and the

detailed explarmationsthergof Wilkbbe omsitterly [00F7]RIBG: 12 id & Bléckifustrates a

diagram showing the: coafiguratient2Qinside secontilayer encoding range 0 is
sectign,30% aceqr m@&O éhepr@&%@ta%rmbaﬂm?mEwah%ru§§99rad l2YBLe 1 i3
enc?dln% sectlona 0_ Su éJasm onp atlon %‘ %cong ange
layer’dhtdaing Settion scrlbe (see d .
2 the saﬁerwnép@herﬁsf%m Béuaééugﬁé’&ﬂvé’swn@refeeréﬁ&é huﬁ%&&%dand As an

explangticrior to evaluate tonality in a predetermined range, range

%Xﬁn%lzauen

selecting section 351 calculates a2 spectral flatness measure {8FM)
represented using the ratio of the geometric average and arithmetic

average of a plurality of subband transform coefficients inciuded

o
L

in a predetermined range. The SFM assumes a value between “0”
and “17 and the valve closer to “07 shows strong tonalify.
Consequently, the SFM is calculated in each range and the range
having the closest SFM to “07 is selected.
[6103] The spesch decoding apparatus according to the present
30 embodiment employs the same configuration as speech decoding
apparatus 200 according to Embodiment 1 (see FIG.8), and differs
from speech decoding apparatus 200 only in including second layer
decoding scetion 403 instead of second layer decoding seciion 203,
Therefore, the overall configuration of the speech decoding
35 apparatus according to the present embodiment will not be
iliustrated, and detailed explanation thereof will be omitted.

f0104] FIG.14 is a block diagram showing the configuration



25thereof will be omitted. [009111Second layer encoding section 305
differs from second layer encoding section 105 according to Embodiment
1 in further including range selecting section 351..Further, shape vector
encoding section 352 of second layer encoding section 305 differs 30 from
shape vector encoding section 152 of second layer encoding section 105
in part of processing, and different referefce numerals will be assigned to
shaw s cifference, [00991Range selecling, section 301, forms &pluraly... ..
of ranges” "~ Using an arbi rary number of acﬁacent sub ands’from
subbiand 85t afisforn EbBHiients PckilBTEfFofT SBBbARC FGiTy Seetion Plovs
151 hand=calculates tomality irr edichhrange:Rangelselecting: se@dtign 35Liion 205
selects the.tange, ofithe, siopgest tonalitys and OUtpULS rangey 23ents will be
informatan shawing e selectafangs, (0 MYITRIPING SeRIPMSH 0001 winy
shape vector encoding section 352. Further, range selécting processing in
rangé Selding section 351 will be explained in detail later. [0100]Shape
vectdrl éridoding seetidhi BE2xdiffers frovh shapé véctdmdncdding seetion  error
152 aceording to Eatbodiment d onbyt in iselectingisubbarshitransformond taver
coefficignts;ipcluded.a range from. subband transiorm ceefficients receved 4n 4
1 ofom; subband forming section Lod, based: o0 range nformation feceived, ;,
fromlfasngeafﬁ rséfectlng}se(itlon' ]§5f, and perefor ng s apgi’/ec%or. o
quaiitizatién Wittt Fespect 10'the seféctetl subbantl tidHsfofrh doetficienta g, and
andidéfailed expldization thereof will be omittedteres[OID1dEIGi 23 show this
illustrates gange selecting processing in range selecting section 351,
LopR08N I e enzanal exiads, e feavensy and e deitoRl prxing
axis Is logarithmic enet%y. Fur er, FIG.13 illustrates a case where the |
otaf tkhber &F Subbiitdd M ds 8.+ FARGE ' 18 fotndd (inGethHe b-iplexing and
subbahnpiutty the thirtrstdbbandp range dris formed! dsingthel secohtpe encoded
subbang te:the fifth subhand and-range 2 20ds formed  usingithe fousther error
subhand g [he seyent suhhand..As an indicatartg gyaluae tonality ingd ;4 c
predqte{mlp%d ran%e, [arl]!ge _S%Iebctlng 3??“ n 351 calculates a spectral
flatridds EHSGre (BENY represehted Tsing the ratio of the geometric
2 Gavetdgdd ahd dfithimetie averaige’ of'd pidrality 6Psibba nl udhsfdrmhing section
coefficientsuinGlpied the shape vector candidale reccived from shape

T

vector codebook 232, with the gain vector candidate received from
gain vector codebook 233 to gemnerate the first layer error

transform coefficients, arranges this first layer error transform

37
h

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

topality and encodes the shape vector temporally prior to the gain

30 of each subband in the sgselected rvange. 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.

35 [0109] TFurther, although a case has been explained with the

present embodimeﬂt as an example where an SFM is calculated as

an indlcator to evaluate tonality in each predetermined range, the



25 in a predetermined range. The SFM assumes a value between "0" and

"1" and the value closer to "0" shows strong tonality. Consequently, the

SEM is calculated in each range and the range having the closest SFM to

"0" is selected. [0103]The speech decoding apparatus according to the
present 30embodiment employs the same configuration as speech

decoding apparatus 200 according to Eondlment | (see FIG. 8) and

differs from speech decodln apparatu§ %OO olnlg in |Elclud| qﬁndbleyeaklm

SeIt Lnver 1mite
dedoding ‘seétion blsplnstea ofsecon Ia er decodln sect |on

Thevefdre, théiderall donfigEratién of the %ﬁeéch"@“e%a%h@ B5° gLy in
accarding ¢d thepréserdt embodiment Wil motshezilkusirated; @ndvdethdedverage
explanation thereofwitlhe,omitted: {Q1QMFIG A isca block diagsamic te rmined

sshowing the, configuration, ;94 'E‘S ide ?ﬁgogﬂd'ﬁ?‘é’ﬂ adre%qd'{‘ogn%(‘jﬂ'@ .99y ation.

accor(}m tO the present em O diment, Farther, second ayer ecod |n

section 463%nipld/sithe Samé bﬁgli”éBﬁ?ng%tlorr? 48 Secditd Ia§/8rm Putational
decoling!sectionc208described ire Embedintentel2 antithe samelculated.
companents witf be assighedthe same referenag numerals angd section 351

eXp&%n%“il‘?Qt@g?feDﬁ}!‘{lp he ampitted. Je103]DevyYlliplex, y o errar  transform
mgsectl 431andf|rst y.er error C{ransfgrm coefficient ene atlng se% tion wing

104348 se%:%lndqlayelJ Bleio&mg S&&tioR 4073 difféffrom 5an{)&|{ T{e%qrtf‘

sectioh 2Z32and’ 10 first layer error transform coefficient generatlng section
234 o $econd layer decoding section 203 in part of processing, and
different reference numerals WI|| be assigned to show this difference.

[0106]Demultiplexing @egtﬁm %dgfgg?from 9?%’ ltiplexing ;L5 section

231 described in Embodimient demultlplexmg and outputting range
information in addition to shape encoded information and gain encoded
infotfhatibh, td first layen errdrtransfemm coefficiehtgidn crafing $ectippcily the
1 434 andedetailed explanatien thereafwilkheomitted g 9QOLO 7 hirstdayer ; and
errg fransform cogfficient 93””&4'%&@“&%% multiglies the tD aPe Range

vector candidate received from shape vector codebook 23

vecisr Eahdidaté feteled fro é&h& &bt todebidok ?é”:s*‘?d géﬁe é? fh‘é“s in
firsttialfervetior fransforme ebdfitichss, Widfgesniscfiidtdayarc egprof the first
transfean 9bceefficientSiinithe sufibhandunclugded in the kange shownmbydes the

2 dange; quqpeﬁoe apd putputs the esutkie:adder 204. /9108 this wayl; ..

acey& |pg to the > pr %sent enmbodlm ent, the speech Sepcpﬁd};re}g apparatys, = .
seléects th rangeo fhe strongest
coefficients may be ca culated according to following equation 11!

by performing weighting taking the characteristics of human
perception into account,
25 [11]

FRHL .
E ()= ZJ) w(k)-e (kY ... (Equation 11)
k=FRLLS)
{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 seiected, and
30 the weight w(k) is decreased for the frequency of lower importance
such that the range including this frequency is not likely to be
selected. By this means, a perceptually important band is likely

te be selected preferentially, so that it ig possibie to improve



tonality and encodes the shape vector temporally prior to the gain 30 of
each subband in the selected range. By this means, the spectral shapes
of signals with strong tonality such as vowels of speech or music signals

- are encoded more accurately and encoding is performed only in the

1

1

selected range, so that it is possible to reduce the coding hit rate.

35[0109]F urther, al the u gh a case has been explained with the present
embodiment as an examﬂple where an SEM is calculated as an indicator to
evaliaté foRiity i ednidretibtérningticiange’ thé 28 Srésant ifVention’ s ¢1 ts
not firaitedbto thisiRer examples B takingzan advartege af thesrigha! loudness
asseaiation: between the average energy: ixthe:pradetermined:nangeanrd based

the §H,er}g3th Qfx%ﬂ%‘kté” tgg VS Qges?gﬁggyoqf téa'a%fQB'@eCcP%ffi&?ﬂ@cs falower
'nclygggrin Ithge- pfr%%(%t gminre Srange rgla(yng% calculated as the indicator
of tonalty Evaluation. Eyytfe'ns means, it |s“poss)|ble to reduce the
compthfidnaFeoiiptéxity EGrmpared ththe easerwhetd anaSEM igenfigured to
calculated. j0110Jo Heomorenspedifie; range elacling sectiongdshcies than a
calgulatesenergy ER()of thefirstlayer errar.trap sform d0cqefficients el (k)
inc'%g?q é"}lth% fangs j£ %qsqrd%lpeqstg fzglt:lt(%\.%ncg oetqlggyggl%gglg‘i?]igz%@gc fecting
(Equation 10 ) ]
# 'section 35} arange from ranges arranged at fower frequencies than
a predetermined freguency (i.e. reference frequency).
10116} FIG. 15 shows the case as an example where eight
selection range candidates are arranged In lower bands than the
predetermined reference freguency Fy. These eight ranges are
5 each formed with a band of a predetermined length starting from
one of Fi, F2 ... and F8& as the base point, and range selecting
geetion 3531 selects one range {rom these eight candidates based on
the above-described selection method. By this means, ranges

positioned at lower frequencies than the predetermined frequency

20  Fy are selected. In this way, advantages of performing encoding

emphasizing the lew frequency band (or middle-low frequency
band) are as follows.
(01171 In the harmonic structure which ig one characteristic of a

speech signal (or is referred to as “harmonics structare™), that is,

25 in the structure in which the spectirum 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
guantization error (i.e. error spectrum or error transform

coefficients) produced in encoding processing, and peaks appear

30 sharply in a low frequency band compared to a high frequency band.

Therefore, when energy of an error spectrum in a low frequency
band is lower than in a high freguency band, peaks of an error
spectrum are sharp and, therefore, the errov spectirum is likely to

exceed a percepiuval masking threshold (a threshold at which

35 people can perceive sound), cavsing perceptual sound guality

deterioration. Thatis, even when energy of the orror spectrum is

low, the perceptual sensitivity in a2 low frequency band is higher



o
h

[0111]In this equation, j represents the identifier to specify the 15range,

FRL(I) represents the lowest frequency in range j and RH(j) represents

the highest frequency in range Range selecting section 351 calculates the

energies ER(j) of the ranges in this way, then specifies the range where

the energy of the first layer error transform. coefficients is the highest, and

encodes the 20first layer error transform-goefficients included in this

ran 0112] Fyrther, the energ f the firs er error_transf

coe%“aenfs ma;/ﬂbégca{cul%ted C(Z)br |re§1 tot‘t:l(ry win ngﬁggloﬁa%% selecting

perfSiting weightig BaRng tﬁe‘c‘hé’?ét‘féﬁ&h‘fﬁ of hu?ﬁéﬁ 6é?c?epfho’hdllh%5 from

account.i25fEl] wiirdigj@d2Equation 111y J0113]insudhea ease thetermined

Wei@mc}/\é(kaiﬁ,ingfeaﬁad greates fok aufrequengy of higher impertanca i is the

Peffepé% t%h%fea%ﬁ?['%%%Sl{%maJ E%%J@rlgsd ﬁlygl%qiﬁusstye@ﬂ@@ﬁygms of
3{ e selected, and 30 the Welg1 é IS ecreas for e, | ;

fredtiéndy ot fowr ‘fﬁfﬁdﬁaﬁ&% SUEH thatthe raRge inclddihg t?lu’n quality o

freqlentydd notdikely to be selected. By this means, a perceptually

impprtant pandus:likely to;be selected preferentiallyg soithatit ispossibie is the

to 'WH@’P 26 sqund,quadity; of g’?@og&g@pe@@hfﬁ@ thigwelght wilhe may be

We|9h¥s may b be found ang used ut LIZIQg human perceptual.loudness

ocharacferlstlcs%rapseqrp(ﬁ ﬁmasklng threshdid caIcuTated based p&?l frame.

exahigle gt éﬂgﬁ%ﬁ @rfé ettt signial of'E [6WEr Bi éyefhcefmﬂs&ﬁ of the

layendecoded signaljom ranges positioned in the vicinities of the range

U‘:

selected in the previeus frame, (2) rearranging the range
candidates for the current frame in the wvicinity of the range
15 selected in the previous frame to determine the range of the
current frame from the rearranged range candidates, and (3)
transmitting range information once every several frames and
using the range shown by range information transmitted in the past
in the frame in which range information is not transmitied
20  {(discontinuous transmission of range information).
[0119] Further, range selecting section 351 may divide a full
band into a plurality of partial bands in advance as shown in
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. F1G.16 illustrates a
case where the number of partial bands is two, and partial band 1 is
configured to cover a low frequency band and partial band 2 is
configured to cover a high frequency band. Further, partial band
} and partial band 2 are each formed with a plurality of ranges.
0 Range selecting section 351 selects one range from each of partial
band 1 and partial band 2. F¥or 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 I is referred to as “first partiai band
35 range information,” aand information showing the range selected
from partial band 2 is referred to as “second partial band range

information.”™ Next, range selecting scction 351 concatenates the



[0114]Further, range selecting section 351 may be configured to select a
range from ranges arranged at lower frequencies than a predetermined
frequency (Le. reference frequency). [0115]FIG. 15 illustrates a method of
selecting in range selecting 10section 351 a range from ranges arranged
at lower frequencies than a predetermined frequency (i.e. reference
frequency). [0116]FIG. 15 shows the cas% as an example where eight

selection range car&dlgates are aJr qngg Cln {ovxqrdbqus tggn Eghgdwwd from
prede%erminecf feference frequ uency Fy.These eight ranges are 15 each

forrédwith %eBdnd of‘a predetririnéd 18RaiT gtaﬁfﬁg from%ﬁé oFEL Faneted
... anchES &s thexbasepointnand rahge sélecting seetion 8511 saletts dra 351,
range droat these.qight cangidates baseek ondhe above-describedhape vector

sselefioneingd. By ihfs means, fanges pestipnerkatjower frequencies

than the reaetermlne requency Fy are selected In thi

advihtages of pErfbfmifigh eﬁ’&(?&% dxﬁﬁaﬁé%lzfng the’ %W%%reqé&l}elhféfﬁl hon of
(or mitdieSohefeguericy bt are 43 IaIfWs? f011 7]fPfife Wamkenige mumber
strugture which istoneiecharacteristic 6ha F speeth sigral (ortis seférredatos form
as '@@é%@@i@%%&f%wﬂk dhatds, Z5ipdhe struetue inwhigh the §pe@t@m en to

showds eakg gl\{erg eﬂie lfu-:-ncyﬂlntt%rvals3 pgal,%stgpg%aﬁ%haggl Inalowy, .. ing
cfu ban comparea {0 & hlgf’m requency band,Similar peaks are
seehelﬁ"ﬂ‘f’él qidnitiZation EABF (i. %Béfr’d“rlsﬁ?c‘fr%rrf‘orséﬁBF tiadsformtion S1i-
coeffictents)produced insehcotling provessing ramd peaksmeppéar Bond n, and
shagplyin @ lowrfrequensy hand.comparedstoiadigh frequencynhand., the n-th
Theéefqre W@erﬂ&n? 19, Qf an I SRgGIrum,in 3 loyy. fregueney, band iSq rmin

lowér than in a high frequency band, peaks of an error spectrum_are shar _
Sand® tiét&fore! the eﬁ%?sbe‘d’tﬁ%‘f’s&ﬁk%ﬂi 1&&8@&5%@&%6@& maqslkwgS the
threshold: (& threshokhatwhicha3spespletcan perceiessounty, ‘»’ta&s:fn@“h n-th
pergeptualiseund qualigy: detesioration.d hat is; even whien eriéjgy«afahesd from
ﬁg‘;‘g SPEGHUM is lqw, the Rercentual sensitivity in & low frequency handiscring
er

section 311-N. Then, range information forming section 512

20  cutputs information showing the concatenated range as range

information, to shape vector encoding section 352 and
multiplexing section 155,
[0121] FIG.18 illustrates how range information is formed In

range information forming section 512. As shown in FIG.18,

25 range information forming section 512 forms range information by

arranging the first partial band range information (i.e. 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
30  each partial band n and may assume a different value.

[03122] FIG.19 illustrates the operation of first layer error
transform coefficient generating section 434 (see FIG.14)
supporting range selecoting section 351 shown in FIG.17. Here, a

case will be explained as an example where the number of partial

35 bands is two. First layer error transform coefficient generating

section 434 multiplies the shape vector candidate received from

shape vector codebook 232 with the gain vector candidate received



than in a high frequency band.Consequently, range selecting section 351
employs a configuration of selecting a range from candidates arranged at
lower frequencies than a predetermined frequency, so that it is possible to
specify the range which is the 5 target to be encoded, from a low

frequency band in which peaks of the error spectrum are shrap and

improve the sound quality of decoded spggch. [0118]Further, as a method

of Sterlgc.:tm% }Qevrgp%e{ Whl&!;‘b'% (tnce ngrget t?‘ggne,n P%%dl’athgrraéqggrot 1tg.e.s form

curréntframe may be ﬁfselected.ln association with the r}ange selected in
the pestftame t Rorexatiple, theféodre methbo 6L BeBhniningtRae vecter
range:of theteurBnt-frame fron ranges Positiorred v the addinitiescof thé y each
range;selected,in:the previous,frame;, (21 rearranging thesangebsnd 2.  The
scandidates for, the currenf;frame jn the yicipity of fhe range 15 selegted n oo,
the prévious frame to determine the range of the current frame from the
reaffaligdd Ting8 tHRdidatEs, and (3) transmitting range information once
ever) segéral Tramesrasrd ssing thegrangahshibwi by range inforhfatibi,c rmines
transmitteghipdherpast inthe frameain which rangedaformatiorn:is not least one
transmifted 2Q(discoptinuqus transmissignyoffangednfeunation)i vy by setting
0[01191‘qu'5ther’ range Selle‘ggmgf %e‘lcrygg ?51'1 \f%a" ¢ IVIQ? adfu”ubi pi‘ Igiteoe% § to bhe

Holurdlit “of PHitial Bandd in advandé a8 shown'in FIE. 166" $élect one
range friohy ehch tpattiaPBahkl nd coneaterfatesareiiigéscdebeted fdnipecch
eactopartialbiand tamrake: this 25:¢encatenated rangesthestargetitochesnly one
encoded. FIG, 46 Hiustrates acase whergthe.numbey, ofipartiah Baeds i ecting
two, and partial band, 1 i configuied tocavey @ Iw feaygncy.band andg ua )iy
part%la?band 2s configured to cover a hlgch frequency band. Further,

U narfig) bt Paie pattidl band 2 & ebeHitoimed With 4 giarif} gk freauency
ranges. BORange selecting 'Section i351setasts die yange from each of
partighband 1 anekpartjal:hand 2. Forexampte, as shewgdn H0:16; fiangee thod
ﬁ'iss%led%gﬁe%r;rﬂ%ﬁgk?ayhdfﬂx@ﬁif@mgg éh@;slai%fg%? in partia} ?%@daﬁﬁ,e s in a

ereinafter, information showing the range selec rom partial ba is
refetPd 6 '4s Phirdt partiarsand é%pPefﬁéaegfn?zFrrﬁa¥%qr%;'2§2d iar%rtrlﬁattgo?n example

2 showingvthe rah§e Sdlected drorh partitl Wand 2is tfetiats fo ids Pséébg band 2
partial band-xangerinfol mation i Nextranrgerseleeting $Seotiom361 the effect of
Congg‘gerl@@éeth& 1%%]*{@%@9%%%@&%?@ frontpartiad bandsl and-the rang@eiccting

selected from partial.band 2 1o form a concatenated range; This . wpich sound
concaﬁenateé range becomes the range selected in range selectin

sectidhi 851, BREhape FettoP Bhtoding Sectioh S5 f’or%%réh%ﬁé’ and range

25ecigrformation of partial band 2 is not required, so that it is possible
to reduce the number of bits for representing range information.
[6125) Farther, although FIG.20 shows a case as an example
where a fixed range is selected at all times in a high frequency
band {partial band 2), the present invention is not limited to this,

30  and the fixed range may be selecied at all times in a Iow frequency
hand (i.e. partial band 1) and, further, & fixed range may be
gselected at 2ll times in the partial band of the middle frequency

band that igs not shown in FIG.20.

[0126] Further, as variations of the range selecting methods
35 shown in FIG.16 and FI1G.20, the bandwidths of candidate ranges
inciuded in sach partial band may be different. FIG.21 illustrates

a case where the bandwidth of the candidate range included in



L

5encoding with respect to this concatenated range. [01201FIG, 17 is a
block diagram showing the configuration of ulnae selecting section 351
supporting the case where the number of partial bands is N.In FIG. 17, the
subband transform coefficients received from subband forming section
151 is given to 10partial hand | selecting section 511-1 to partial band N
selecting section 511-N. Each partial bang n selecting section 511-n
(where n-- to I}lj)jseleects1 one range from a%h partlal band n, arad é)utput

114 grhal
infofrhation showing'the ‘sefécted raahngé d’f’nat is. the n- 6Sartla? range

infoPriatioh; to range information forming 15 section 512. Range
infofBation for Etidnes12 acquires the concatenated range by
concatenating thesanges shown by-egebsn-ih partial banddangees the degree

snformation (where n pL%ON);&@C%N@QJ@W%@@l%ngel, $electing, of shape

section 511-1 fo partial band N selecting section 511- N .Then, ran
infolifaiith foFfig Bbciioh 522 20otEgUNS IbraRoR SHEwiAg ¢ d<¢ision

concatenated range as range
infoymatien,toshapeyectorenaedingseciippddb2and multipledingtsedtion o diment

155, [012141:710. 18 lystrates,hoyy, raagsﬂefpgma;@n '§$Q!”1§Qa'ﬁ FaNgRion as

. mformatlo['u formin sgctlon 512, Ass1 Wwn in Fl(é m NO€ (. ent | (see
Hinforaioh fofmin ”sléctlépr?%ii forms range in ormgtlon by harran fi&n t?]
firstipdrtial baaﬁb(Jrangpé‘?lh?oﬁh‘a‘ﬁ’or’T’El‘“@ A it 16 thaaN ‘*tﬁ%"rflé‘l’ Bah%o only in
range dmfarmatior {ives AANhit)rinecorder iHeres ¢heibit Ienih Ay of ehchin-tlhcond
part&@'y@@“éiﬂ@é@ﬁﬂ“}@%@?@% i @ethermmeq based:an thenumbes o iguration
candidate ranges in¢luded, in,30eac an ay assume a _ .
dlffergnttt?/}alue9 8?&%]9&811 li?rates ?he e?a%%b%q%r'{gtélay&}e% er{rﬁg% present
1 %ran%ﬁﬁab%‘ffne.@rﬂ@énéwﬁgsecb%n fé&(sP &I PLAT 8hppbrting rahge” 1 P
selectirigtsdction 351 shown in FIG. 17.Here, a case will be explained as
an gxample wirgre. the number 06 partiad - 35 hands: isviivog Fitst layef Brafation

transfqim. cqefficient;generating, segtion 434 mulliplies the shane Veetoha 1ayer
candldate received from %tb%pe vec or codﬁbook 232 \{ylth the %alplvecto

t oys i same basic ¢ uration as
canditfatd tB&eitaq" On i oy ! £
28  second layer encoding section 105 shown in FIG.1, and the same

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

{0130] Second layer encoding section 505 differs from second
layer encoding section 1035 according to Embodiment 1 in further
25 including tonality deciding section 351, switching section 532,
gain encoding section 553, normalizing section 534, shape vector
encoding section 5535 and switching section 356. Further, in
FI1G.22, shape vector encoding section 152, gain vector forming
section 153, and gain vector encoding section 154 comstitute the
30  encoding sequence (a), and gain encoding section 533, normalizing
section 554 and shape vector encoding section 553 constitule the
encoding seguence (b).

[0131) Tonality deciding section 551 calculates an SFM as an

indicator to evaluate tonality of the first layer error transform

LA

coefficients received from subtractor 104, outputs “high” as
tonality decision information to switching section 552 and

switching section 556 when the calculated SFM is smaller than the



29 from gain vector codebook 233.Then, first layer error transform

coefficient generating section 434 arranges the above shape vector

candidate after gain multiplication, in each range shown by each range
information of partial band 1 and partial band 2. The signal found in this

way is outputted as the first layer error transform coefficients. [0123]The

range selecting method shown in FIG.16-determines one range from each
partial Qand and cagn grran ]a}ltast one dgcoged ?p)ectrum in.eagh., Rar glc 1 sion

hand. (%o%seer ﬁffelh%l b“ésést ing 10'in advance a plurality of ba(\}ndas for w

souitf E{U‘ﬁlﬁﬁl ﬁée&% tﬁf‘lf)\‘st ”rrhb‘n’*@véd’ ‘it |§1bd:’s§fblé”f‘di|rﬁﬁf(}\?§”tﬁé qﬁ%ﬁl’ti/(’d’f 336
deceded spéech compbreddo theYange sefeeting metlvad ofrselectinghan  the
only; epg.range: frem thefull iand. For example, the range selecting

smethpp, %*]OWM%'@&%'Sﬁftfﬁs;ﬂ\g%wm@qaigr @é@r@m%um% is cxplained

15|mprovement In.both a low frequéncy band an? |9 freq quency

needs fFbéiaiized at thé saié AL o124 R iHEr “ad Hafiatio
rangeselétting! mathbd Shoten in FIG 16, aﬁ&e@etﬁaﬁgé%wﬁe%lwé@ using
at afldtaes:inia specific padtial band:as illustiatedsin 10120 . WithithEzyer error

example; 99shown it F1G20.srangg; 4.s selecteg.at allimesdn paetigle rformed
. Dbanid 21 and forr% part of tge ctgp]pag%nated range. Slmllqr %o t};%e effdecttm ality.
the ﬁgngé Selédn ing methdd shown in FIO. 16nlfhe ran”ge selecting metho
shoWiir? 1@ Rccah 8t irh ativahte & bt foP WHith! S8Ad* 4Rty ﬁ%é‘d§e sult
to befimprovechand; fof example;, pdrtial bahdwangk: 25informatidre ofirst layer
partialhand 2 is.nat sequired, sosthateit is pessiblaitoresucethe Bumberof
blts\[;/&ﬁ Ee‘iesgntmcg faR eslrt}c ﬂ'%tl% io%gﬁ]!;:é‘m%ﬁ’l thQH%Q ]L:sloi\/goq ubband

S a Case as an _examp le where a fixed range IS se ected at all tlmes
'8n afﬁi‘dﬁﬁ‘é&ﬁeﬁ‘&ﬁfﬂéhbe(Ha‘trﬁétlct&éhéi‘Ef i psr%EEﬁf’.wéﬁﬁ%hﬂ.% Agetion 131,
limited t& this, 36 <ind the dixétbrangectiay bessklediea athall firmed ivsa fowision
frequencyhand {i.e cpastial band 1) and,furthers acfided rangetmay Be 1 shows
selegtedat-all fimes. Zlgzé'ﬂ%@ Igal)q&%gq{qf {hesmiddlg frequency Rand that cients

is not shown. in FIO g]er as variatians of tg? ranoge selectin

methiode 384hdwimth Fib D81 and G906 &né Bandwidlis of candidate Sidoding

7(}rangé§uon 353 and nozmaiiz;ng section 554 when the tonality

1%%“1%16%;1{

decision information received from tfonality deciding section 331
shows “low.”
[0134] Gain eaccding section 553 calculates the average energy

of M subband transform coefficients received from switching

[
[ 2]

seection 552, quantizes the calculated average energy and outputs
the quantized index as gain encoded information, to switching
ssction 556. Fuarther, gain encoding sectfion 553 performs gain
decoding processing using the gain encoded information, and

outputs the resulting decoded gain to normalizing section 554,

[
]

[0135] Normalizing section 354 normalizes the M subband
transform coefficients received from switching section 552 using
the decoded gain received from gain encoding section 333, and
outputs the rvesulting normalized shape vector to shape vector
encoding section 5355,

35 [0136] Shape vector encoding section 3535 performs encoding
processing with respect to the normalized shape vector received

from nermalizing section 5354, and outputs the resuiting shape



included in each partial band may be different.FI0.21 illustrates a case
where the bandwidth of the candidate range included in partial band 2 are
shorter than candidate ranges included in partial band 1. [0127](EI
nbodiment 4) Embodiment 4 of theen invention decides the degree 5 of
tonality on a per frame basis, and determines the order of shape vector
encoding and gain encoding depending on the decision result. [0128]The
speech e(pcgding a ,atratusfacqofrdtir\lg.to"’Embodimeglgé of the present
invention éampillcl)y{s’ft & same Coh 7du%at%8ﬁ as b %6eech encodin
appeltattis1100 scdé6iting e EMBAdImMent 1t ket FI0LIF aRid ‘Ej‘iifFé%si frompmation
speech encoding appdratus 100 only incincluding second dayer encodinge o ding
SeCQ@@@Q%_ i@%t@agfgf seepnd,layes Ierg;gdj Ag section:103. TB&_EEEQ,r@p theively,
overall configuration,of the speech encoding apparatis accarding fa.the .
present_li5|nvent|on_ iS not shown, andtj&etal e§ explanation thereof will be
omittél! {0 189]F10 22is Whlotk titagrarh Showirig the® ¢oRtigtiratigh? sfder @ <
secontblayer encoding seetion 505Frthen Secondlayerencoding sectivn gain
505:employsthessamebasic configusation as 20tsecand:layer encedingn 555,
section 105 shawn in E1G.1,and the same components;will bg assigned ¢ e ve
| (the same 1r‘efe,r nce {Elumgr.alg andtexplaéwsgatlpq}thqregflv}\/gl he omitted,
- G0136fSRSH 1ayver BreodiRg S6&ioR 505 diffdrd Frdm Setond layer
encbiiing®dectidhs105°a¢cdbdidg tEitbodiffent Pintftifthérn2s Heladiag paratus
tonality detiding sectiore 55 switching:$ection 552, gaitencedingl sgctionector
553%5‘9%%%%9 Sedion Bp4-shape vecter &ncoding: Seetion ood dfhience (a)
SWIt}CIIDInLgaSs%CtI'\S\/)Q 65r5e6' tl:huerthteorz‘z Iarl flO.g%, ?E%peﬂvre&,%to{aengpdler}g ostecyapann%fo rm
152, gain vector formingtsectlon 1§§, and gain vector enéodinﬁ section

13 54%unditiiteithie 38 entbifing stlfiercd (@) "ahdgHin etouiig sedhBrp orally
553pno¥malizing seetiore bbdrand shdpegvecior encbdingesectiore555) in case
constifute.the encading sequance ity [A134]tanality decidingrsectianiabdats is
calcufates.an SEM as an

f0139] 1In this way, the present embodiment adaptively changes
20 the order of gain encoding and shape vector encoding according to
tonality of the first layer error transform coefficients and,
conseqguently, can suppress both gain encoding distortion and
shape vector encoding distortion according to an input signal

witich is the target to be encoded, so that it is possible to further

3]
Lh

improve sound gquality of decoded speech.
01407 (Embodiment 5)

Fi3.23 is a block diagram shewing the main configuration
of speech encoding apparatus 600 according to Embodiment 3 of
the present invention.

30 {0141] In PI1G.23, speech encoding apparatus 6090 has first laver
encoding section 601, first layer decoeding section 602, delay
section 603, subtractor 694, frequency domain transforming
section 605, second layer encoding section 606 and multiplexing

section 106. Among these components, multiplexing section 106

(7%
LA

is the same as multiplexiag section 106 shown in FIG.1, and,
therefore, detailed explanation thereof will be omitted. Further,

second laver encoding section 606 differs from second layer



indicator to evaluate tonality of the first layer error transform 35

coefficients received from subtractor 104, outputs "high" as tonality

decision information to switching section 552 and switching section 556

when the calculated SFM is smaller than the 31 predetermined threshold

and outputsow" as tonality decision information to switching section 552

and switching section 556 when the calculated SEM is equal to or greater

than the redetermmed threshold. [0132]M n hile, although the Rresent
emboélm‘%ntgls Ialnedn?rjsm ?heLSE]\/Ilasg:n\?lndlcé)torqto egvglua Seing, end
tonality, e’ ﬁreéerﬁiﬁ@éﬁtlon‘i"ﬁéfﬁf’nlté‘d t6 trhie, a%lsa%ﬁi"s?onfﬁ]af paw  this
madéfisingranother indicator such as the variance of the first layer error
transform coefficignts. Marequer sdegision:may be perfarmed LOusingu signal,
”3”0% & $I9ngl sHch, as an.input. %g@ﬂj 4P ge?%dre é%%'liiédF‘a @%‘ampk%é‘i layer

pitch analysis result of an mput signal or a result of encodin

the |n
sigre 4 & Powvei 1Al 8" the'firdt Tay LY 8hESAHY d&&i6H W i the p‘rég%'m ayer
emisedimBnt} maybe used! [O13B]swilehitig 3eétioh 8523éduentially
outputs4M lsublrandl Stransfora coetiicients receiveddonpsubband decoding

forming.sectign 1npki,to %'ﬂ%p?;Y@?t‘P& £0cqding $26tign o2 whendher om first

ton?llty deC|S|on mformatlon re%(%l ed fr mtonallxq?adln sec |on 51
roengodin sectl ﬁ \{ ? ot }u e emra ?i ‘1rst layer
shows |gh *and entia puts M subhead transform coefficients

recéived o Wmd Cfoﬁ%fg settibrf £51, to'gaitt effoing 20° Settioneetion
5536arid wormakzingssectied 554dwheri thet tanality decision information

receiyed fromtanality deciding §e@ti%{§>ﬁle §h9w§ dowi e {Ql3AlGaiR 1y 1o the
enco}%nuq sect#)ri 553 calcglatgs ghg ver ggggytgf % %9??&%@ 604. The

transform cogé |C|ents recelve from SWI c 5 section 552, quantizes

" he Safctibted abefade ererdiAdiid 6atpih§ tHe (A iR hsigain*ced
encpdeddnfomaation, to switéhingr sectioni 566. Farthers gaihlercotingrst layer
sectien &b3pekforms gain decoding processing using the gain encoded

'nfomé\&@n and qutnuts the sesulting daceded gain to; parmalizing, section, (p.
554, 3 Normallzm section 5;4% norm I| es the M suhgai?,n dnd ‘e firss

trandh ra coe iRiehts' i elv‘é"opﬁom Switéhing € ac‘fufr? U
2 Hecbrietr gdincretefvet #oM gdin @ﬁcdﬁ.ﬁg@écmrﬁ 553, Yéﬁd %mw&sntﬁes ection
resulting nortalizechshapewecton toi shapervectorsndodingtsegtion 555domain

transforming seotion 605,

f0146] Freguency domain transforming section 605 transforms

the error signal received from subtractor 604, into a freguency
25 domain  sigral, and outputs the resulting error transform

coefficients to second layver encoding section 606,

[0147] FI1G.24 is a block diagram showing the main configuration

inside first laver encoding section 601,

[0148] In FIG.24, first laver encoding section 601 has
310 dowan-sampling section 611 and core enceding section 612.

[0149] Down-sampling section 611 down-samples the time

domain input signal to convert the sampling rate of the time

domain signal into a desired sampling rate, and outputs the

down-sampled time domain signal to core encoding section 612,
35 {0150] Core encoding section 612 performs encoding processing

with respect to the input signal converted into the desired

sampling rate, and outputs the gencrated first layer encoded data



35[0136]Shape vector encoding section 555 performs encoding
processing with respect to the normalized shape vector received from
normalizing section 554, and outputs the resulting shape s_encoded
information to swing section 556 101371Switching section 556 outputs
shape encoded information and gain encoded information received from
shape vector encoding section 152 and ggin vector encoding section 154,
respectively, when the t%nallty de(%lsmn ipformation rﬁCEEeeﬁ front tonality,
deC|8||ng Séction 551 SKhows™hi and olitputs shape éncode

inforfirlatioh afd ‘Gain éfchded | Trg‘rfdlrfﬁéﬁﬁﬁ* ré8iVed frdff gBiki Bntolfng Bration
sectioni $§63 and $hape vector eneodingisectidrt 555, respectively, when

the tonality decision mfosmation recgivad fromvtonality-deciding sectionas core
~55%§3%W§n[9%3 Lﬁ}%o%e%crlpeg Q%?FIhgcﬁa%%qb&n%%'nmpa%ttﬁt,qumy

according to the present emb odimen performs shape vector en%o ng.
tertiotally HAGHES yal entddifusing e Seqlence A)ih caseWwhere € &1
thetonality!of the fitstlayerérroirahstormicaetiicierts is "Mighs' Bhdased on a
perferns gair encodingi tamporallyrpriemte shape vectot encoding usingecoded
theasg?%pcgn(pt)r@lga% h@g?‘?éb@é@ﬂ@%:%o@hﬁzﬁfﬂé@%@é@&&om and of low
transform coef{la%nts 5 L913h9]ln Is way, theéoresent e"fb‘)d'?eﬂ«fmad
ada{‘p"flve“@fa clﬁangleé 1é‘ﬁ)’the order o gain en(f)o%lng an sehapé VEcto
encodingiacedrdifi§ 1 tonanty BIftﬁ‘é fivst tayer ertor tiisfoim @oéfﬁéFe‘rﬁé“‘”
and,rcpnsequentlyy carr suppresshbatth gain ericeding distdrtioriand shiaped ) to
vectay ancading distartion aceardingstowan, inputisignad which isdherargeti ginai
to bsel enc ded, so that it is possible to further 25improve sound quality of
decode (fspeech [0140](Embodiment 5) FIG.23 is a block diagram

Lsholding the ntaih E‘c&ﬁfg‘tﬁéﬁén%ﬁéb%&c@ménéoedﬂ@lé%bspéir%f&é’ 608 Processing
according tolEmsoditelit’s of thecpréséntdaventics e30f0L411nF1623, layer
speeghencnding apparatus160Q: has firstdayer eneoding:setion 60k, filstc oded

layer; deceding sgetian %leame&mn §03, subtriactep 604, frealeney: o din g
domain transf rmln%lsec q5 conc&laa/er er?odln }actlon 606 nudﬂd in
multipiéxitl séétion uﬂ:monmthese"gom onénts, multiplexing section
2010648 thé igeime BEcrntitiplexing s]éb%l%nfieé’éﬁ%m iRFmes, 90 mRpaent adding
thereforég detailed explanation thereof will be omitted. Further, second
layerancpding;section 608 diffets framssecong.layen, 83 encoding seetioni gnal

305 ShO\{\l\pﬁl{lﬂ %17&_0'” oafrft: rgﬁ?ﬁ%‘”&&@gn 621 to coavert the sampling

rate of the decoded signal into the same sampiing rate as the input

3
¥

signal, and outputs the up-sampled core decoded signal to high
frequency band component adding section 623.
413357 Using an approximate signal, high frequency band
component adding section 623 compensates a high fregquency band
component whick has become missing due to down-sampling
30 processing in down-sampling section 611. As a method of
generating an approximate signal, a method of forming a synthesis
fitter with the decoded LPC coefficients found in decoding
processing in core decoding section 621 and sequentially filtering
a noise signal for which energy is adjusted, by means of the
35 synthesis filter and bandpass filter, is known. The high
frequency band component acquired in this method contributes to

enhancement of perceptual feeling of 2 band but has a2 completely



5

different reference numerals will be assigned to show this difference.
[0142]First layer encoding section 601 encodes an input signal, aand

outputs tile generated first layer encoded data to first layer decoding

section 602 and multiplexing section 106.First layer encoding section 601

will be described in detail later. [0143]First layer decoding section 602
performs decoding processing using the first layer encoded data received

from first 10laver encoding sectign 60.1, and outputs the generated first

o e i b S Bt s DA o) e Hobohag SAdha gt of ehe
will e Sescribedtindetdil latde [0 124D &Ry e ttich 653 Hplids ganency band
predétermined delay te the: imputssignal:andsoutputs the inputesignal to
subtractern 604vEhe, 15duration af.delay:isequal {0 the dwation ohdelayes such
prOQHg?Qd%9{???@%%%‘%%@%'3& &1 £RG9ding éﬁ&?%@%%%ﬂ%@f%'ﬁcyze% ignal

decoding section 6 Subtra ctor 604 calculates the difference

1 .
betWert & Heldyd ihput 8ignai T8EENEY HEM aba) Setfoh B3 aNd tha Pish

first’20 ¢ layer ddetotel sighal recaived fedm fissPlayer deedding Sectipruently.

602 cand:autputs: thesresultingzercarcsignal oftequeneydamaine the present

transforming, $6¢tiqR 603 [0146]Erequency domaintransfolming Saction (ower

requénidy 254bmainsignalianti’Sutputsthe résu

15

25

605, transforms tfg?ae]grorﬂsigna! 5%<%eivegnf§r:<g{n ?ggtrggt&r 604 ,i_r}:tp A ference
| lngqerror l?rang!form

coeffieiehis t' $ecohd tayet 'ehtoBliht' SBetior? 606° [FI471RF0 D8 & Brotde 1P ed

diagranh ishowing thé maimeohfigueationin energy of the errvor signal in &
high fregquency band. That is, second layer ecncoding scetion 606
performs selecting processing shown in FIG. I3,
[01357] FIG.26 is a block diagram showing the main configuration
of speech decoding apparates 700 according to Embodiment 5 of
the present invention. Meanwhile, speech decoding apparatus
700 has the same basic configuration as speech deeoding apparatus
200 shown in FIG.8, and the same components will be assigned the
same reference numerals and explanation thereof will be omitted.
[0158] First layer decoding section 702 of speech decoding
apparatus 700 differs from first layer decoding section 202 of
speech decoding apparatus 200 in part of processing., and,
therefore, different reference numerals will be assigned. Further,
the configuration and operation of first layer decoding section 762
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 arranagement positions
but performs the same precessing, and, therefore, different
reference numerals will be assigned and detailed explanation
thereof will be omitted.
{01601 In this way, the present embodiment substitutes an
appreximate signal such as noise for a high frequency band in

encoding procesgsing in the first layer, instead increasing the



inside first layer encoding section 601. [0148]In1710.24 first layerencoding
section601has 30down-sampling section 611 and core encoding section
612. [0149] Down-sampling section 611 down-samples the time domain
input signal to convert the sampling rate of the time domain signal into a
desired sampling rate, and outputs the down-sampled time domain signal
to core encoding section 612. 35 [0150] &ore encoding section 612

perfo}}qm% encopmgt@rqcesgéngdwl (?{%@e% to trl) em%té gpﬁj cgpg%r}@gim low

into the deswed sampling rate, and outputs the enerat d first | agl

encddéd a5t émfr%t |3yé‘rddscb%mgfseeﬂc¥.8%‘b§ ) malipiexing® fidetity

xm
sectionh1 063 (015 1]oFIG:25 15 bidck dingramd. 'SHowing thel iridiher preventing
configurationningice fissulayerdeaading seetien 602y [0152)ndx1G:25] first! in a

Jayer; gﬁcqu&@@% 1,603 has gerepdecading section:62%, UPsamPlnG ined

section 622 and high frequ

band¢dm |88|‘>1§nt’iadot mbste&rbngié ahdstibstittissan approximate’signal © ° ding
for & High fréqaents Herid THIS fssbalelton aetethArtRGredlizip r 211y prior
improvemient in-sdund gqualithef decoded spigeich entirelyeby vepresehtingacode
a hlghef@ﬂyueﬂ% band,qfsloy¢ 19 @@5@@%@%@9@@&'&%%@ auich as vowels,

pplgoxngate sgggl and. msteaq |ncreaS|Q thecmmj gg%g r\kt%tﬁjot&q m”ea“ng

llocated in a percep Ifualf[ |mportantnlo req uenc ban

iddle- low
frecfifendy bRy tﬁqﬁlpr‘bﬂlé“tﬁ&‘ffb‘éw of ‘Eﬁl%“k?anb‘WfFf ?ﬁsﬁg:%t St auatity
origirfali $5[01568]Qore decoding section 621 performs decoding
progessing using the firstilayes encodeddatasreeeived: ffom ficst layen example

encoqdling.seqtion 601, and,qutgyts the, resulting core.decaded . ignakto 4omain

up-sampling section 622. Further, core decod I?gn ect&on 6211 OUtEL{;{tS t € racior

1S dechdetf1 1 PES REHI GBSO ERY I 20d8Edding brotessing o'
freqiehcyrhant ednipenenf BIding Sedtione623 [ors4] @bysérﬁﬁlﬁfig‘ transform
section f22iup-samples thecdecodedssignal received frimcorecdécoddingts are

SeC@QQl@@lb@ Gﬂﬂ”ﬁ&?@%s@mt%cy dontain transforming section 605
between delay section 603 and subtractor 604, and the first layer
20 decoded transform coefficients are found by arranging ancther
frequency domain transforming section 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
25 transform coefficients directly te 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, s¢ that it is possible to further improve the sound
quality of decoded speech.
30 {0162] Further, although a configuration has been explained with
the present embodiment as an example where information related
to a high frequency band is not transmitted to the speech decoding
apparates, the present invention is not limited to this, and a
configuration may be possible where a signal of a high frequency
35 ©band is encoded at a low bii rate compared to a low frequency band
and is transmitted to a speech decoding apparatus.
[6163] {(Embodiment 6}



rate of the decoded signal into the same sampling rate as the input
75signal, and outputs the up-sampled core decoded signal to high
frequency band component adding section 623. [0155]Using an
approximate signal, high frequency band component adding section 623
compensates a high frequency band component which has become
missing due to down-sampling 30 procesging in down-sampling section

611. Asa met %d,)O]f ene ﬁﬂ(}n a&'@g@g%”&‘}%‘%\ékg %lhg mggtﬂogtﬁifigamtion

formipg a synthesis filter with the decoded Ii,PC co[?, |C|e{nts *ougdr!n 0t 6 of
decoblifg Processing i dorePdddddiny S88iST 631°4A¢ sequehdally et © ©
filtering @ noise signakforiwhich Enetdy is adjusted, by idansg of tie B5us 800
synthesis filter and bandpassfilier, iscknawmvkheihigh fiequepey bandncoding
scomponent acauiygd:in this methed contribpies 40 enhancemept Rnts will be
perceptual feeling of a band but has a completely 35 different waveform . .,
from THEZRGH HEqUERES bahH E8mbSHent of the “Signal, and,
thereforer Briefgy in the high frequency band of the error signal acquired in
the pubtractor ingreades [0d56]When ithe first kay8éncodifigr protessingrecch
inclydes such 3 charactaristics ianergyyn-ahighfeequency band of theer 301.
| errorgsl'%f;g' ingreases, 59 that,a low ftequency hand hatessentiallyiiasd g by
Ohlg}Jr perceptual se’ﬁsmvffy iS_not Ilke(iy to be selected. Consequently, o
secoNdIaies efcodiig Secliohets abirdiy ® e presefit EMbodirtedt 2 ¢!
seleets alrtings from cdnditlates arrahged @t lowerdd fregieaciestiana 605
predetermined frequancyn(i.es keference frequency)hsoethatit is possible of an
to prevent the, ahove;deseribed. proplem, caused, by an ingrease i enaray,  the

of the error signal in a high frequency ba.nld“. Tq%t is, sec Qd Ia}yefr ter transfer

1 encothifg SEcliohPE66 Pefforms Kel&EiiaPofocedsing ShbWn i FIE 115, _
15[0E57|RIE. 26(is)a islotkrdiagears Shdwilg the Widin confrfirdtioh’oftsing the
speeeh gdecodingapparatus Z00saseardingdta Enibodirnent 5 of theling section
presgi invention. Meanwhile, speech decoding apparatus 700 has the

sang pisic configuration as speech decoding apparatus 200 shown in

FIGS, and the same components will be assigned the 20same reference

~ humerals and expla@a@igqmthe yyjll p‘e Lomitted; {QL08]; Fifst layer
decoding section 702 of speect decoding apparatus 700 differs from first
layey ecoding sectjar 202 of speech decading iapparaius 20064ntpartof is the

processing, ﬁ@ﬁeﬂi%r%fogsﬁgiff@q%% teference numerals Wil be Assigngd: o1 1ing
Furtfwer, 25 the configuration an.d‘olp ration af first I%r ‘decc%dln section .
70274 548 a8 st [Aer Bedbding Settibh 802 Bt Sped

speec
encodirngeapparttss 6008 antl! théretdre, d8tared “é)éﬁlaﬁé‘ti%g? thetBof (lEree of
2 Ye onitteds [0L59Hime dompain transierining Section 7061m0f speéchised for y.
dec?gipgﬂ FI1(G.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
30 shown in FIG.26, and the same components will be assigned the
same reference numerals and explanation thereof will be omitted.
[0168] Speech decoding apparatus 900 differs from speech
decoding apparatus 700 in further including synthesis filter 901.
[0169] Synthesis filter 901 is formed with a filter having
35 opposite spectral characteristics to weighting filter 801 of speech

encoding apparatus 800, and performs filtering processing with



30 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.
35[0160]In this way, the present embodiment substitutes an approximate

signal such as noise for a high frequency band in encoding processing in

the first layer, instead increasing the 36 niimber of bits to be allocated in

a percepteally important lowdfreqeantyrbandsfer mviddieslowsfreduencyp g section
band) ¢e improve fidelity withdespectito thejoriginal signak of thisbangd, B(z) of
further preventing,a arohjem due o an INCrease; in.the AN&IgY OThG 8oL 15
signal in a high frequency band using the lower range than a

predéf@r]mined frequency as the target to he encoded in second layer

encoding processingmt;l Jperforming shape vector encoding temporally

prior to gain encoding, so thal it possible to more accurately encode the
gpectral shapes of signals of strongltonality such as yowels: 10; further

reduce gain vector encodiﬁ% digtortion without increasing the bit rate and,
consequently, further improve & e(é)ur?fd'éuality of decoded speech.
[0161IFurther, although a case fias been explained as an example where
subtriact@i0604 findsithet differéAceddetween time.ddmainsignalspthe NP is the
presgntinvention:is pat linsited: ta thissand, subtiactor @4 may find thesniralling
differgneg é’?ﬁ‘é’@%ﬂffﬁ%%gﬁ?}’a‘%omﬁm\wﬁ@-i(% m CPEHICIENtS. INSYCA wssumes

case, Input transform coefficients are found by arranging _frequean .

domif tr&hstBriig ‘Settion’605 bétween el&y sbctiort 663 4Ry Foe degree of
1 §ubtreetor 604 gahd therfirstdager A0deedded Farsforar epufficiehts wred for v.

founddoyrarranging anetherfeerueney dpmait fransfarntingsecton! of speech

between fifsf layey decodingsestion 602.angl subtactor6Q4. TheRin, opposite
subtractor 604 finds the difference between the input t!ansfor

coeffiéients Hnd ﬁreaffrsﬁfrlé‘i/telrcdé%c;dém’gjst?gﬁé orm"coe’ i?;'rpe?]tg, and igif\?e”st sigzlali,
this éitdr F5thdR&form Edéfficidiftd ditéctly 16 SBcotfFayEr ntddintptus 900 is
1 sectibmr 6061 Thisi tonfiguratior enabies adaptive Subtracting: ptecéssing ofo  the
findingedifferance ina.given band apddiat finding.differencain otheter nhas the
ba“ds(?’%%'}aéﬂ}&%a%q hle,1q fudthgr impr ¥reatf“%1§99f‘9p%uf'3‘!“¥h[‘)%fmpm signal.

1SS
decoded speech 30[0%32]Further, although a configuration has been ,
explafifdd Withthé préseht®drmbbdimRRt 85 aheRample WHEYS iforitation 222 1»
relateditozd Highiftegueney band is ot ransnitied torilte spekceh detoding ¢nal,
2apparatus z thesprasent inventiohd s natelimied to this dandda configyratidB g wency

may bepossible whets asignal ofiahighifreauancy 3aband is.epcodad atg; oy as

a low bit rate gampared 19,3 low frequency,ba

n . .
dqstort;c)n becomes greater in
the low freguency band after this signal passes the synthesis filter.

Although, ideally, weighting filter 801 of specech encoding

2
L

apparatus ®00 and synthesis filter 901 of speech decoding
apparatus 900 are introduced such that coding distortion is not
heard thapmks to the perceptual masking effect, when coding
distortion cannot be reduced due to the low bit rate, the perceptual
masking effect does not function much and coding distortion is
30 likely to be perceived. In such a case, synthesis filter 501 of
speech decoding apparatus 300 increuases energy in a low frequency
band including coding distortion and, therefore, guality

deterioration is likely to appearly distinctly. With the present



and is transmitted to a speech decoding apparatus. [0163](Embodiment 6)

37 F1G.27 is a block diagram showing the main configuration of

speech encoding apparatus 800 according to Embodiment 6 of the

present invention. Further, speech encoding apparatus 800 employs the

same basic configuration as speech. encoding apparatus 600 shown in

FIG.23, and the same components will be assigned the sathe reference
numerals and explanation thereof will be drhitted. [0164]Speech encoding

appdrattis Boocdiffers fiothSpbeéhienBathigl apraratls Bo0Pihdufier cncoding
includingiweighiting filter: 80l 1040165] Mieighting fiker 801performsided, from
percelgnéﬁ'ae{%@ﬁm Mgfgt@rigg ap @Erprﬁigaale%@d@@_utﬂ% the %gé%aerel- mined

signal after weighting, to frequency domain transforming section, o

Vst e A M e L PRI

dignal bt tHeigedit to: 8pecraiccidrdctéristice totthe Srhobthéd spectium. coding
For examplg,othe weightingifitantransfer fudctiont vizpisoreprasented by quality

following eguations 32 uising the decoded LPC coefficients acquired in first

layer ing,section 602. [12] 20W(z)=I a()y' - tion 12), . n oo,

equa{“t?o?n%l%, atz(lrﬁ igltﬁe“L?i’YC ggéfﬁéi%é]%?ﬁé%%ée(%%&gr %?%]ﬁﬁ dngclsF16 Q’l&gh“,{}”
coeffitiéts, afd y'is'a paiafidter fot Cohtrdiling et déiée of SMdbingd !ty

! (makimg whitel thet spectrane andiassuthes valbésdnithe Fdnge ofr the speech
O<y<d Whenyis:greaterthe degreel of 25 smnagothing becomes greaterffect and

and 0.9, for.exgmple, is ysed for v [016v] 10,28 i3 arblockdiapramine target
ShOV\t”ant‘«he- m‘alq anfl uﬂr-aygn‘,g])f}%zpeeercgndce{(}:gglr? aE QF%ISUI%QOPO alleviate a
according t6 Embo |ment’% of'the plyesen't inventi n‘.EJ urther, speech A ‘

decoting Hppafdiuid'90003TA8 thé Barde bidsié cohtigiifationT as spith including
1decoding appHratust Y00 30 dshown: fiv FiG526, rend thesante edmponentgorally
will be, assigned the same feferensepnumeralssand explanationtbeeeofowilate 1y

be omitted, JOL68] %%%&?Qld%%%%igg apparatus;Q0Q differs from SReEN such as

decod?r?g apparatu in further including synthesis fijter 901. ) ,
(01687 fitiesis HHEF 9671 Ts Teimiad ith %A ffr AAVIRG 'S5BpBOLHE YpdRfia ** 8
charsieteristicsat: weighting filtet 801tbf speséh Bnésding upparatts 8od, quality
2and performsdfiltering pracessing with

{01731 (Embodiment 7}

Selection of the range which is the target to be encoded in
each enhancement layer will be explained with Embodiment 7 of
the present invention in case where the speech encoding apparatus
25 and speech decoding apparatus are configured to include three or

more layers formed with one base 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
{t 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 sncoding

sectiaon 606, second laver decoding section 1001, adder 1002,
335 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



respect to a signal received from time domain transforming section 706

and outputs the result.The transfer function 13(z) of synthesis filter 901 ia
represented using following equation 13 [13] [0170]In equation 13, u(i) is

the LPC coefficients, NP is the order of the 1,PC coefficients, and y is a
parameter for controlling the degree of smoothing (making white) the

spectrum and assumes values in the range of O<y<1. Wheny is greater,

the degree of 10smoothing becomes gredtér, and 0.92, for example, is
useddomy (0174} As describédyabeve, weighting: filtek 804 ot spepehents, the

enceding; appakatis:8aQ s frmed; with a filter having oppesiteispeetrakforming
c_hargct {‘Igr}llc‘l_t% }hgmsepefgtrgl! qn‘i\)//%lppcengt)ﬁqﬂ%pgteélgg%l’ ?Gg S(yﬂthg@% hown in
fltter§51 of speech decoding apparatus 900 iS 15formed with a filter .
havifig‘Opposits chstabtenistcsto the %&amagmwééniivéaaehﬁ? théccoding
gynthesis iltef has thé sintilarcharactefistics asdtHe spectral cénvéldpe bfon 606
the inputsignab Generallysgreatenanergy appiiarsimtadew frequepeyziions of
band than in a,high,freqyencyhand in the spectraj govelppe of aspeechis  he
signa, 20 80 hat, even when the low freayency band and gl ¢04 ang
frequiéncy Shd have elqu'_eﬂ igoding distortion of a signa vefore this sighal
passtitriedyhttiedis filtst Feddifigididtorish bEtomEY grehitdr fthd Totyion will
1 freqiencynbandiafterdhis signal passes the synthesis filter. Although,
ideally, weightingdilter 801 of:speechenceding; 25rapparatus 800anth ¢ e which

synthesig ler 901, of speegh decoding;appargfis, 999 are IntrQdyeed syeh, cccp
that codln%dlstortlon is not heard thanks to the perceE)tuaIb %SE('G% eff.(? t

whefiEotiHg BistdRisH tahhot beeduced dGe1d the [w bit'rate the 11 istrate
perceptsa Thiasking efféet toes ot finctivrf Afchahtcoding disidriiotig e cond
130 likely=to be pedieiveds inisuchsa case; syhthegis filterc90i of speethird layer
decading apparatys 200 ingreasesiensigydn g lovy fraquencybandsourth layer
inclugin‘% odin gi t%r}}iopoqﬂq,therefore, quality deterioration is likely to
appéélrfy gi]s]%iﬁc Iy.%\?ith the present 39 . _
[0177] A% shewn in FIG.30A, selection range candidaies are
erranged in lower bands than the second layer reference frequency
20 Fy(L2) in the second layer encoding, sclection range candidates
are arranged in lewer bapds than the third fayer reference
frequency Fy(L3) in the third laver encoding and selection range
candidates are arranged in lower bands than the fourth layer
reference frequency Fy(L4) in the fourth layer encoding. Further,
25 the relationship of Fy(L2)<Fy(L3)<Fy(L4) holds between the
reference frequencies of the enhancement layers. The number of
selection range candidaies in each enbancement layer is the same,
and a case where the aumber of range candidates is four will be
described as an example. That is, in a lower fayer of a lower bit
30 rate (for example, the second layer), the range which is the target
to be encoded is selected from low frequency bands of perceptually
higher sensitivities, and, in a higher layer of 2 higher bit rate (for
example, the fourth layer), the range which is the farget to be
encoded is selected from wider bands including up fo a high
35 frequency band. By employing such a configuration, a lower
jayer emphasizes a low frequency band and a.higher layer covers a

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



embodiment, as described in Embodiment 5, second layer encoding

section 606 selects a range, which is the target to be encoded, from

candidates arranged at lower frequencies than a predetermined frequency

(i.e. reference frequency), so that possible to alleviate the

above-described problem of emphasizing coding distortion in a low

frequency band and improve the sound quality of decoded speech.

[0172]In this way, the present embodimerit'provides a weighting
filterinthesipeechencodingapparatus,realizesquality 10 improvement by
providingghe synthesis: filtenin the spaechdeceding apparatus:a0d nfiguration
Utlllzwfg ?‘p[%, erggptgglc%@ﬁﬂpg ‘%JE%CJ&%’IQ us&s EheJQ‘é"g{ J?H‘Qe ﬂaa“z Re present
predetermined frequency as the target to be encoded in second layer

encSding 5r8te84ing to alleviate a problem of increasing energy in a low
freqiBhéy band iHeluding Focodigcdistortidls andlitbiperfarint 'shdpe veefdy  has
encading: tempeoraltysprier:to gain codindisethatstis pessibleto moreion 1102,

accurately £ncads the. spactral shapes:ofisignals.of strong tenality suahuaspira
VoW Iﬁériedéjgg 9ain \ %/ector enco n@}dlst%r(yor@gwghgg; n;cr?%lg]g tp)enp & javer
rate a

consequently Urther improve the sotind quality 200f decqded
speddit JB178](ERTBOUImen 7y 991 el SEHAGE the Pﬁ{ngéw.%hl.%%héemn
1 fargét! et encodedhinieattt emﬁmemmplay@rwvﬂllbe? explaimett vithter 1111,
Embodimentss of. the presentdnveniion:in casea avhera the, speechenfigurations

encqdipg APPAraYS § %@nﬁn\%l@@egiﬂ&q&@dmg asr?eﬁnastystar%:@néigw@g&@m ons
mcludedthree or more Ia{%{s rmed with o Qase {!iaxer and a lural%& shown

enhancem‘% él%?ss 8 26 IS] Y a ram SI’E‘Iié)\)Vian1 ﬁes ma

configufatior ﬂn%ﬁ@ﬁeééhtéhﬁéawaﬁﬁa#a&}geieébfaec%%m 4t eXplanation
I Embadimerit ¥ of 30the present invention. [0175]Speech encoding

apparatys 1000has frequency.demain dransforming.section 101 »irst dayer, the
enCOdm %?gtlg nt,]?: fé'?t“ L%Y‘?%%%CQPQ&%CQQE‘@QQ@ §Hpt{ﬁlgt?£ Q%zch is the

second layer encod |ng section second layer decoding secil
addéf 1902, 8% shbractéP 1603, i r(dnl’ayé? Encoting §8&ton fﬁtﬁf th(fr{i ‘higher
layep elec@mm@ bection 1005 atider 2006wsubtrartor 2607, feure |dyérrate and
2 encading section 1008 andimultiplexing seotipar 100%; andhiso formedrwith wider
founlasm Among tngsggiqmeogemsf;h% gonfigueations and pparations cr of a
of fr% ncy, domaln tr?nsfogm sect %e]]' 1 argd first Iaé/er en(:?dlngt
sectlor? 162 afé a8 'Shown ‘cfﬁ1 ,the ¢6n |guratrorgfs and’ operations o
first layeér deedding sectivh'eo7 bg@bitraéfbrt@m bhehsdcony jayapd to perform
encadingsection 606 arsi asshowmn i H10.23;iand the configurationsg.andio that
2 operations of blogks havingRumiers:1Q01to L00%are; similafetorthe shapes of

Conflquratllons q'nd operatlgcrgg Oif Eh«e E)(li LCIIL(S Q‘Ql 8'9% KQOZfﬁgH‘L andrgggc e gain

and C&h be estlmateé) herefore, detailed exp anatlon will 10b
omltfétfh‘érré" ing d;stortmn without increasing the bit lc.LL{. and further

e lower

improve the sound quality of decoded speech.

T01811% Further, although a case has been cxplained with the
33 present embodiment as an example where the target to be encoded

is selected from range selection candidates shown 1n J'IG.30 in

encoding processing in each enhancementi Jayer, the present

invention is not limited to this, and the farget to be encoded may

be selected from range candldates arranged at equal intervals ay
33 shown in FIG.32 and FIG.33.

[0182] FIG.32A, FIG.32B and FIG.33 illustrate range selecting

processing in second layer encoding, third layer encoding and



101761FI10.30 illustrates processing of selecting the range which is the

target to be encoded in encoding processing of speech
encodingapparatus1000.,FIG.30A toFIG.30Cillustrate processing of

selecting ranges in second layer encoding in second 15 layer encoding

section 606, third layer encoding in third layer encoding section 1004 and

fourth layer encoding in fourth layer encoding section 1008 [0177]As

shown in FIG.30A, selection range candidates are arranged in lower )
bands sk th%ygxécoﬁtlbla?éii%eferéh%e Tregtiency' 20 FY(E2) iftde sécond - the
layer ercoding; seleotion rangecandidaties are arranged i tower bahdsicement
thfan  ihe.third, layer r@fc@srgn%ﬁregyemxJu%@drlumeathw@ é&)éert &@ﬁ@dlﬂﬂgu s of
and s ectlon range candidates are arran in lqwer 1 the

fourt‘he? er refergqnge frequ%n?:'S ?Iﬁfy L4 mgﬁlne fourth Iayer e%c%%?n fn such @
?urtﬁéf‘ 38iHe Fefdtion<Hip b?‘F%/fLZ‘jéltﬁf’CLé)‘StlﬂfL4)aﬁéﬁfs b%tv&éen Brgded is
refererice fregueéntiesroflthe dnhancerhent kayeées. Theanbiiber deyer, and the
selegtionrangercandidatesiin-eagh enhancement layerisathe same; pnged o =

casg, where the, number of range candidates is fur.willhe described 8§ @Rional

example That IS, in a lower layer of a lower bit 30 rate (for example,
s.ec:or?dnlayéi’)i the® Fahge | WhIC%/IS the target to be encoded is selected
 froml foW FréquBAEYISaRdSsof pBreeptdalty Higher Serkifilities g, fhach is the
higher:ayeriof adigherbit date (fox @xamplen therfourth tayer), the rangee of the
Whicmxsfmﬁ target to he.encpded dssalested,from wides handsineluding rasge
up 19 a high 35 frequency band; By e@8'°¥'“§1 gh 1 2,6 “fégél AU Bods of (1)
Iowerelayer emp hasizes a low frequenc ban er layer covers a

Wlde‘}‘ﬁﬁr‘ia“é‘d‘fﬁat iti8 posibie t‘bfreghie hﬂéﬁﬁpéodﬁdﬁf spe8Eh Ae ranges
1 §ignakss [0b78]E1Wh31his a Biock diadrahre shiowndrgsthie mridgif eanfiguratioar layer,
of spegchdecedinthapparmtus: k110 aceordingstadthepresentrent layer in the

emme(%n;f %[P%L%I'QFA% %@999@9%oqipgqran@g@tqamor@%etmmm the
demultipl ex%{g sectlon 1101, first | ayger deco |n%sect|on 1 2, sec

layef HeEdditg sectivh’ 1163 ao‘dﬁng $8&ioh'f dlfayer‘ A . ““dldd‘es
sectioni1{0b *aeiamg igéetient 1 1206 FArtH ryerdecoding 'Secticr 130?71 frames
2 addingsectien 1:h@8; switchihg section:2@1k09x fimerdomeaintransforming in the

SeCtES)psg-]-]iQL ang.postfilter 1113304 is-formediwkb fourlayers.ot transmitted

Meapé(vhlle then 1(l:onflg!tl1 ag(gpns} 9{‘10' ope ations oft ese bggcgg are similar

to the (:onig urations and op erations of blocks in |ns eec decodlng

apparatis tOO sf:'ré’?/\;i"ﬁ‘i"ﬁl’3’|61‘<§L andEan'Bé e§’t|’t1‘iéiﬁ=zlblt and theretdre pove  Peen

detailed ievplathation

25 [0185] Further, although a scalable configuration of two layers
has been explained as an example of the configuration of the
speech encoding apparatus and specch decoding apparatus. the
present invention is not limited to this, and the scalable
configuration of three or more layers may be possiblie.

30  Furthermore, the present invention is also applicable to a speech
encoding apparatus that does net employs a scalable configuration.
{0186] Still further, the above-described embodiments can use
the CELP method as the first laver encoeding method.
[0187] tThe frequency domain transforming sectien in the above

15 embodiments is implemented by FFT, DFT (Discrete Fourier
Transform), DCT (Discrete Cosine Transform), MDCT (Meodified

Discrefe Cosine Transform), a subband filter and sc on.



15thereof will be. omitted. [0180]In this way, according to the present

embodiment, the scalable speech encoding apparatus selects the range

which is the target to be encoded, from low frequency bands of higher

perceptual sensitivities in a lower layer of a lower hit rate and 20 selects

the range which is the target to be encoded, from wider bands including

up to a high frequency band in a higher layer of a higher bit rate, to

emphasize the low frequency band in the ¥éwer layer and cover wider

bandg irtthie higher layer aindtto: petformeskiape viéctdr enecddidgm ents  assume

tempgrally iprigr:to.gaingneeding - 80 $hat 225 it is possible 4@ Mot ntion is not

aCCU}.r %’}zle lye n?ooq? Lt Qeasfp d_e,Ctirg' 1| Seh.%? gz% ;aQafﬁsl"gengés_dgfdsglogﬂgatﬁn%“ X,SM? rh%% sible

vowefs, %urt_ er r.eolluce gain vector coding distortion without increasing the

bit rdte ARd RirthéPiprove the sound quality of decoded speech.

1018 1R ther) dfthoudhia eade hasebelenvexplaied withr e B0 presdit above

embedimentasanexamplepvbere thedargetdode encaded iswselectedh figured

fromrange selection candidates shown in F9.30 in gncoding processing, cq by

in eac}h enhancement layer, the present invention is not limited to this, and

the taPgét'® Be encoded may be selected from range candidates arranged

at edddlGfitervais s S8sKdhMin 1032 Brid £1083 1[0 hcedfriE igdk e of sach
1FIG.32B tand 1033 diustrateirangecsilecting processingeinisgcond faybsmented

encoding,third Jayer.encoding and 42 f@l@ﬂ,}kl@yﬁ!‘aer}_@@ EE]AS_ These may be

ShOV\ill.E %’9&% 1.? epidc!:h:_lio'g?)d rt hea?y{gﬁ%r 8]: Si%lﬁc P yn r%@lg% i%aén Iaq g‘tgss\{%%?g chip.

between en,ancemepnt layers, and a case will be illustrated here where e

the numbers drbietifch ?a%gee RahdibiateSdre foli? ahdl dighit” ifi Such 45 "1¢

5 coffigatatior]; $He rangepwhiétPis the tdrgétite BeSéhcdelrdis determineédfering
1fromdew freguencytbands; éxa lower layer, and the number of selection

rangg,Gandida feg is, smaller gompared 40 a higher Jayerasecthakitis 1imited to

possible to red%ce, thelcomput.at_lonal complexity, and b;}[I rate. ... .. seneral
10[0183]Furthef, 48 hi8Hdd br &iebiingthé Fange Which'is the target t6° "
be eRésHEd DyREachrénhancémehtiayer thelrAhge ofthaicubréht Bygr facture,
may be Iselected in Assopiatignawith théerang&selddted in theclpwen tayéie Gate
2bor example, therg are misthods ofi(L) deternaining the kange obthieections and
current layer, from the. ranges; A5 pasitioned indhe. viginjty of e Fange. q is aiso
selecte& in the IowerTayer, (321) rearranging the range candidates for the
currétt&YtSn the vicinity of the range selected in the lower layer to
detefirf2the fangehaf thé lcumént ke from the rebrranel fahgeo mes out to
candidates and £3) transmitting ramgefinfarmation eneeeveryedeveral conductor
2ffames. 2PAnd fusmg thes tange-shawn: Ry rangeninfarmation transmitted iny uiso
the past, |Q)me rame in 1yvhlch Qanggnlggormatﬁgp not transmlttt%go 1

is o] g on OF o integra
(discontinuous transmission of range information). o ,
technology. Application of biotechnology is also possible.

uging this

[0193] The disclosures of Japanese Patent Application
No.2007-0533502, filed on March 2, 2007, Japanese Patent
30 Application No.2007-133545, filed on May 18, 20087, lJapanese
Patent Application No.2007-185077, filed on July 13, 2007, and
Japanese Patent Application No.2008-043259, filed on February 26
2008, including the specifications, drawings and abstracts, are
incorporated herein by reference in their entivety.
35
Industrial Applicability

[0194] The speesch encoding apparatus and speech sncoding



[0184]Embodiments of the present invention have been explained.
25[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. 30 Furthermore, the present invention is also applicable to a
speech encoding apparatus that does not‘€mploys a scalable
confrgatdtioh. {01861 6till furthék the wbove-deseribetbembodiments canle to &
use ther CkLP methed as the dirst dayemencogding method [0187]Thes apparatus
frequency slomajy transfgrming seetion in,the, gboye, 35 embodiments is
implemented by EFT, DFT (Discrete Fourier Transform), DCT (Discrete
Cosine Transform), MDCT (Modified Discrete Cosine Transform); a
subband filter and so on. 43 [01881Although the above-described
embodiments assume 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. [01901Each function block employed in the
description of each 10of the aforementioned embodiments may typically
be implemented as an LSI constituted by an integrated circuit. These may
be individual chips or partially or totally contained on a single chip. "LSI" is
adopted here but this may also be referred to as "IC," "system LSI," "super
LSI," or "ultra LSI" depending on differing 15extents of integration.
[0191]Further, the method of circuit integration is not limited to LSI's, and
implementation using dedicated circuitry or general purpose processors is
also possible.After LSI manufacture, utilization of a programmable FPGA
(Field Programmable Gate



20 Array) or a reconfigurable processor where connections and settings of
circuit cells within an LS[ 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 25technology or a
derivative other technology, it is naturallysalso possible tocarryout
functionblock integration using this technology.Application of
biotechnology is also possible. LALLM
[0193]ThedisclosuresofJapanesePzg&er“lb’t&\pglication N0.2007-053502, filed
on March 2, 2007 "Japanese Patent 30 Application N0.2007-133545,

E.ﬁ'e?l9%1M§¥iﬁg’%ggzaﬁ%p&ﬂﬁﬁﬁﬁﬁé‘?m Application No.2007-185077, filed
on July 13, 2007, and Japanese Patent Application N0.2008-045259, filed

on Febiliiiy! 26: 2008 didudingthdspseiicatioas, BrakiHgadreg acquire first
1aapstraetsicargdngorporated herein by reference in their entirety. 35 44
method according.to the presentinventign are applicable to a wireles _
commiUHCATBH IeTRTAAI ShRaTAAS BHSL oo HpBATalas SrPSaa ffle 1o
aqnpmbﬂ@tf@rﬂr’ﬂtmﬁ%i@@ﬂcﬁ%ﬁt@gha%_ CLAIM_S 1. An encoding apparatug
COMPASING i PSS IBES ANEOLIRG,SECHN AL RAGOTES A IPHI SR,
to acquire first | yer encoded data; a first layer (:]Iecodlng sectloﬁt at
diflsenes themet Ayerercsastrbats thadsirbschirdetayeddesbale acquire a

welghRaly firsyvelohting filter.section that filters a first layer error signal
representing a difference between the input si%nabl and the first I?yer

decoded SRR H RS Ry fitsd bt byl al i Ggisaiion thylggnstorms
thiayeri ghted tfanstary coefficientaddlculdting sectido thantransfonms dhefirst layer

ey‘f%%i%%%éiﬁ% ‘@é% (e:{([:g[;s'%ﬁal in a frequency domain to calculate a first
ayer error transform coefficient; and

a second layer encoding section that encodes the first layer error
transform coefficient to acquire second layer encoded data,
wherein the second layer encoding section comprises:

a first shape vector encoding section that, referring to the first layer
error transform coefficient included in a band which comprises a band
located at a lower frequency than a predetermined frequency and which
has a first predetermined bandwidth, places a predetermined number of
pulses in the band to generate a first shape vector and generate first shape
encoded information from positions of the predetermined number of
pulses;

a target gain calculating section that calculates a target gain, per
subband having a second predetermined bandwidth, using the first layer
error transform coefficient and the first shape vector included in the
band;

a gain vector forming section that forms one gain vector using a
plurality of target gains calculated on a per subband basis; 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 second layer encoding section further comprises



a second layer encoding section that encodes the first layer error
transform coefficient to acquire second layer encoded data, wherein the
second layer encoding section comprises:  a first shape vector encoding
section that, referring to the first layer error transform coefficient included
in a band which comprises a band locategd at a lower frequency than a
predetermined frequency and which has a first predetermined bandwidth,
glaceysjaﬁgrgdeter.[nined n mb‘eli of pulses in the band to generate a first
HAPE S Eetor v g HEPata it SHABE e EBUHE St AtatiGH foof pBitfsnETmed
ughthePresrterninadnumbean fpulsas: bard farget ain galeyIatipg SeRtigh e
that calculates a target gain, per subband having a second predetermined
sthanpgRgidibnalsing e fibst payes! Birorf tramgfermndoefficient and the first
shapeﬂ\{gﬁ%rtigﬁgude\geic ép%ntz%n l a ai{x vecﬁor formin tse_cyo_n that . d
forms one gain véctor using'ap uraéﬁty 6 1f)ax‘lr‘ge E’!g%ﬁlhns Caiclid elglélﬁgasﬁ%?on an
tsuphiancebasisnandingagaio yegionencading Seetien thahensedes thebands
gain vector to acquire first gain encoded information. 2. The encoding
foipyaeathe selesrashirreeiaim 1, wherein: the second layer encoding
section further comprises 46 a range selecting section that calculates
tonalities 01 a plurality of ranges formed using an arbitrary number of
3 adjatentsulthapdgand trab seledts ®ne dangei ofthersirongest tonality
from the plurality of ranges; and .the first shape vector encodin ]
sectio Eetﬁacagr%/ Vo toriting Sediich AR gRRecerangs drgeting
sRRRIOMAPEIALe L] re3pect 19,a-plutalin, of sHRRANAS RN NS: d using an
selected range. 3. The encoding apparatus according to claim I, wherein!
aripiérgecond lier lettioding setbliondsirthé ticonphises @ range seledtingi ghest
a “;(_%%ti%nmtlré%tc Jl%t&a% S a}/‘?%j?%e e%ey%it}as of a plurality of ranges formed
usm?g an arpitrary humBer 6 adjacéht stbBaids and that selects one
rangeipt theshighgst-auerge enargy feenvinamiwality et fangss:ddection and
the first shape vector encoding section, the gain vector forming section

the R & BElior el BECBENgTSBREGH Dpeiate withtrespadtie i plufaitytonds

sosHARands farming the selected range. 4. The encoding apparatus
according to claim 1, whérein: the second 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

4 adjaPert S BhaIP AHI R A SRIdERE SR e Rifiyé - oF ihéeMighest perceptual

weightingsensray fiemdhs, Ryl of IrRGaS: A0k, pristhe first shape

vector encoding section, the gain vector forming section and the gain
a yartorsesddiggeactonivpedtervits nespeptiol anpligialing chieuplandsa plurality
off %ngg ]ngﬂseec{eu(:st%% an gzek')ii‘él}gry 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.



5. The encoding apparatus according to claim 1, wherein: the second
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 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
ranges to make a concatenated range; and the first shape vector
encoding section, the gain vector forming section and the gain vector
5 encpgingn segtian gpenate Vwith- segpactdo g plunalibhefsy-bbands forming
the selected concatenated range. 6. The encoding apparatus according
to claithessavharelvtiecisingerseracting Jection sefeprssas alrtinusssalfireds
Tange which is specified in advance, in at least ane of the plurality of.
S e L L R R s
sithe:secondalagenensodingl sectip pdttitharcam prises-a tonality decigingr of
section that decides strength of tonality of the input signal; and when
rogpEe St rRG i BRCiRe fnitg of tHY #hs ot SighaRisdsEet (e e ey edlths grurality
ofM&i than airredetermingd levels Lbe, %@&%ﬂ;@%@gefﬂa&gmﬂﬁﬁgse%dlg@ke 2
signal into the plurality of subbands; encodes’the plurality of stbbands to
c@apguineathe fiesishapd encoded information and calculates the target
gains %f tl Qﬁl%ralig of \subbandé?; forms one gain vector using the plurality
of tardef gHiHs” KRG dREYSL RS Hin Velhtdh (3R RUIEYHE Tl ST ATE section and
thenendedinfarmalian, Bskhe € 0eeaing RRRAAIS. 2¢CArdingd e Ong Sfibbands
claim 1 to claim 7, wherein: 48 the first layer encoding section comprises:
foardowrilsarspiivlg Sectiontthatabimmsamples the input signal to acquire a
down-sampled signal; and a core encoding section that encodes the
down-sampled signal to acquire core encoded data as encoded data; and
6 thelffiistdayed idecodingssectioroeamprisegaim A coredacodingsectidncting
that decodes the core encoded data to acquire a core decoded signal

SeaH Qi SaRsplirh dbetBastAdi sl danineshitd comp adéisded sigrigings. in at least
m?ecgPi{ﬁe%h%ﬁwlsgrﬁign%ﬂ@d a substituting section that substitutes

noise for'a high frequency

7. The encoding apparatus according to claim 1, wherein:
the second 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 second layer:
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.

8. The encoding apparatus according to one of claim 1 to claim 7, wherein:



band component of the up-sampled signal. 9. The encoding apparatus
according to claim 1, further comprising: a gain encoding section that
encodes gains of transform 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

informt 1ti0£1‘sttoi aciuéqgcg (H{%”aglc',té'; of normalized shape vectors; a

[ AdYeT 100 COMPrIses, .
second shape vector encoding géction thilt' 8hcodes the plurality of

normalized shaRgeweeions o @cauie second shapaaneodrd infarmation; o
and a deciding section that calculates tonality of the input signal on a
per frariedbaigis: fhoarugurdafsigapkiarsh coefficients of the plurality of
subbands to the firs vec codi) ' 1th ity. Is. |
docided to be AL e T S kSt UL gghal 0
transformeosfficientsob the ghutalitycat sdbbaids tarthe gain encoding
section when the tonality is decided to be less than the threshold. 10. An
encodifiy et B ESsHRG S<48 iSRS ncoding step of encoding

an input 5'9né‘é8r§fi%'(5%§ﬁ‘1r%tsl%¥ﬁfn%%9%@&%@%he B HrShIRYRH data 1o
decoding step of decoding the first layer encoded data to acquire a first
layer decqdet signat; deccalgdeigitirg filter step of filtering a first layer

error signal re resgnting a differenc% b%twqgn thg inraijt si%n ang_t e1.fijrs’tl .
layer decodettsthat toPAduie ANTEHER AP Riyer drrgigisspacd senal to

first laygr Qrrer fanstanm spefficient .calgulating step of transforming the
weighted first layer error signal in a frequency domain to calculate a first
layer error transfrtitebafficientonnbal subssdetrdiaiser leneddinly Brprency
encodir‘\%ltlaecgqgt I(%}/eenr{erlg% ér%nwsfprﬂn ]%Qesﬁficlilept to acquire second layer
encode c}ata, wherein the sec nédlla%r enc%drilrig step comprises the
steps of a first shape vector encoding step of referring to the first layer
error transform coefficient included in a band which comprises a band

9 oc AR A FoRve TG BRISCSF A A A D B didinin urhsd ey Eiasvhich
has a firs pregdeigrmined handwidife piRcing ia PLeRIeIRIned UMBRLEA of the

pulses in the band to generate a first shape vector and generate first
plshape erfcodddikformatipn feorecposditions ofthéegredetenatined number of
pulses; a target gain calcylating step of calculating a target gain, per.
bR AUTHG S CESH TRt RHRATAT bR OIS A T e
plerarryrsiormeastficient:apddhenfirgbehape yecioricinded indbebandine
a gain vector forming step of forming one gam vector using thea plurality
cafhterget gainy calvuiaed oncw per subbarld b adiscand i zed ghisbeectotors,

encoding step of encoding: e agin YSEI9LP ARSIR ! Rl AeRdsd s
information.
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 threshold, 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.

10.  An encoding method comprising:



ABSTRACT Provided is a voice encoding device which can
accurately encode a spectrum shape of a signal having a strong tonality
such as a vowel. The device includes: a sub-band constituting unit 5
(151) which divides a first layer error conversion coefficient to be encoded
into M sub-bands so as to generate M gub-band conversion coefficients: a
shape vector encoding unit (152) which performs encoding on each of the
M sub-band conversion coefficient so as to obﬁtainj,\/l,shqpe.enggdef ]

% iREOrMRATDN Mg ChicliFted STPSATBATh 6P Lo BHER bt fivd R SubhapyT eneoded

aggnversion coefficients; a gain vector forming unit (153) which forms one
gain vector by using M target gains; a gain vector encoding unit (154)
whicheehtiddescthaagaidi vecie sy d¢toBbeaih yirselicsdsa saferindtiono
andam I{ipllexingcisecté(% un;&}glr55) which multiplexes the shape

ABehcoded intdrmation with the gain encoded information.

a weighting filter step of filtering a first layer error signal representing a
difference between the input signal and the first layer decoded signal to acquire a
weighted first layer error signal;

a first layer error transform coefficient calculating step of transforming the
weighted first layer error signal in a {requency domain to calculate a first layer
error transform coefficient; and

a second layer encoding step of encoding the first layer error transform
coefficient to acquire second layer encoded data,

wherein the second layer encoding step comprises the steps of:

a first shape vector encoding step of, referring to the first layer error
transform coefficient included in a band which comprises a band located
at a lower frequency than a predetermined frequency and which has a
first predetermined bandwidth, placing a predetermined number of pulses
in the band to generate a first shape vector and generate {irst shape
encoded information from positions of the predetermined number of
pulses;

a target gain calculating step of calculating a target gain, per
subband having a seccond predetermined bandwidth, using the first layer
error transform coefficient and the first shape vector included in the
band;

a gain vector forming step of forming one gain vector using thea
plurality of target gains calculated on a per subband basts; and

d'gain vector encoding step of encoding the gain vector to acquire

first gain encoded information.



