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1 DESCRIPTION ENCODING DEVICE AND ENCODING METHOD
Technical Field [0001]The present invention relates to a coding apparatus
and coding method for encoding Speech signals and audio signals.
Background Art [0002] In mobile communications, it is necessary to
compress and encode 10 digiaBiafRimgtiansuch as speech and images

waves, A ey SR AP g Ly e e oo i bbioped so

far. [00.03] Among these, the performance of speech coding technology

h Improved significantly by the fundamental scheme of "CELP
TeChn(igg]dbﬁég xcited Linear Prediction),” which skillfully adopts vector

[0001 uahiizatiorebyrhodetiag e vockt teactisysienafisgeegh durther,4h6 coding
methoBHAMBARGR A SN EOUNG RIAQIRGY AR A5 YR coding has been
icantly ans

improved signif by tr orm coding ecﬁ:’r%f%uess (such as

MPEG-standard ACC and MP3). 20[0004] In speech signal coding based
Backg‘?@ﬁ'ﬂ%%kp scheme and others, a speech signal is of_ten represented by

an excitation and synthesis filter. If a vector having a similar shape to an
(G002 bxcitation SigRaf Yok i catimalomain vectos sequenceyogrbes and encode

di gitafecadeds ifis,Rossible 1 produce a "M simiar to faput speech g
1“Itathrough a,sﬁg/nthe%sis filte%%, ar%d ac.hie%é%;%%é%%erg%ptﬁg?ﬁcdagﬁg/fﬁles |gt radio
chann fleGatitativerdiardemtistcsat haboea € thevewcsessrof thexalgebrdimg and

decodfpdebankiised i CELB, [0007) Qithe gther hand, a scalable codec, the

, standardization of which is in progress by ITU-T (International
(0003 Jre|dbBiAmuNtbsten UhtorPTeleestmenicatiorrStaidardivation Setorjogy  has

been ARGQINELS, is desiangd (0 apver30from e, conyentional speech.pand, (Code
(300 Hz to 3.4 kHz) to wideband (up to 7 kHz). with its bit rate set as high

Excitefs [ approdhsaten)s? kops imrkd 14 fallideBandscodetdiag teviermtion by

modelaPplyt RCortain degree akaeding 4o aydia and tfpﬁ@{gr@rng%erfO rmance of
supported by only conventional, low-bit-rate speech coding methods

sound QAT HE thERMA WicesHotel 28uch S CEICP dNty. FRS-T Begmdaianproved

signif:420.%, dleclared RATILL3% ecearnagdation, Uses,amapdiecodec g Acc
3ing scheme of transform coding. to enpode speech of wideband and

and Mg% Ve.

[0004] In speech signal coding based on the CELP scheme and others, a
speech signal is often represented by an excitation and synthesis filter. If
a vector having a similar shape to an excitation signal, which is a time
domain vector sequence, can be decoded, it is possible to produce a
waveform similar to input speech through a synthesis filter, and achieve
good perceptual quality. This is the qualitative characteristic that has lead
to the success of the algebraic codebook used in CELP.

[OOOS] On the other hand, a scalable codec. the standardization of which
is in progress by ITU-T (International Telecommunication Union -—
Telecommunication Standardization Sector) and others. is designed to cover
from the conventional speech band (300 Hz to 3.4 kHz) to wideband (up to
7 kHz). with its bit rate set as high as up to apprbximately 32 kbps. That
is, a wideband codec has to even apply a certain degree of coding to audio
and therefore cannot be supported by oniy conventional. low-bit-rate speech
coding methods based on the human voice mode!, such as CELP. Now.
ITU-T standard G.729.1, declared earlier as a recommendation, uses an

audio codec coding scheme of transform coding. to encode speech of
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[0006] Patent Document 1 discloses a scheme of encoding a frequency
spectrum utilizing spectral parameters and pitch parameters, whereby an
orthogonal transform and coding?of a signal acquired by inverse-filtering a
speech signal are performed based on spectral parameters, and

wideb dfutthardhateodiscloses, as an example of coding, a coding method based
tures. Patent Document 1 Japanese

[0006]on ggeebo%?(s) of algebr ic stru

Patent Applicatiof £ ald- ﬁgﬁ B8E |1 F0-S580%598 10 DisessliReof frequency

specirdnventionzBroblemes toae [Solved tyr thes e RHEM[0RQ/AHQWENET, IHd re by an
con}/etntion | scheme of encodinlg a frequency spectrum, limited bit i

orthoep Rl TaaH RTENGAL G 18 Plis8 pésticP ol aksi OR the seeehiHdering

speechthigkimited bipinfismatdntis net allocated teamplitdde-infermationofthe rmore
discios@glsgg. arpdethaeman]'ugliét%des f all the p%ses are fixed. Consequently,

coding distortion remains Y0008]IF IS theraford aH 8ttt thepragppooks of
algebrinyentionttarpsovide a  coding apparatus and coding method that can

r yerage cqding_70distortion compared to a conventional scheme
Patent anc?J ggfﬁlee\% &)bdgﬁlgr%g%f’ﬁalﬁggben%tqlgﬁ i A5 8Rehé B EHeBRIng 8- HELL0-
260698&requency spectrum. Means for Solving the Problem [0009]The coding

apparatus of the present invention that models and 25 encodes a

. frequency spectrum with a plurality of fixed waveforms, employs a

Disclogordigdratigaiiaving: a shape quantizing section that searches for and

ProblefRCAAES @ﬁ@%@s@@qwglﬁﬁgigﬁt%ghe fixed waveforms; and a gain

quantizing section that encodes gains of the fixed waveforms, and in
[0007] whitie wipbarsearchingdon i psitidnssohthe fixesf wavefadins; the shageency
spectruad. GYANUZING, SECHPN SElS litude of a fixed waveform to search for .

P ater, to be equal to or Ipw%ag?lp%w%%gﬁt%d{é}o? %ﬁﬁ)‘?e Ov@ét\}é’f&rfﬁforma“m'
On the dhehdd it éhiiet 0020] the totingmiethod ofithe prasentdtiventionoffitude
inform#RAselipe and ,gncadinga figquenc ftum, with a plurality of fixed .

waveforms, 351|Dnclqdes: a shape qgaﬁ?gﬁgé%eg\gf%ga?kcﬁn% 1osreasnare fixed.
Conseqagadiing sesmsrbiarer polariias ofthe fixed waveforms: and a gain

[0008] quantizing:stepr gt Lnspding Gaingrofine fB&eéjs%"xﬁ’?’efﬁ%”é wndinwhich e 2
. upon searching for theé)_ositions of the fixed wavetorms, the s%ape
coding o ARRRiRY StepROMPFdER Sesgilanipitude it a foddowaveforagio coding

distortisaarebigidater. @ heRaual 1¢;ahlower thap an arnlityde.of g(g%ﬁdperceptual
Wa\{eform searched out earlier. Advantageous Effects of Invention
sound quality in a scheme of encoding a frequency spectrum,

Means for Solving the Probiem

[0009] The coding apparatus of the present invention that models and
encodes a frequency spectrum with a plurality of fixed waveforms. employs
a configuration having: a shape quantizing section that searches for and
encodes positions and polarities of the fixed waveforms; and a gain
quantizing section that encodes gains of the fixed waveforms. and in which,
upon searching for the poéitions of the fixed waveforms. the shape
quantizing section sets an amplitude of a fixed waveform to search for later,
to be equal to or lower than an amplitude of a fixed waveform searched out
earlier.

[0010] The coding method of the present invention of modeling and

encoding a frequency spectrum with a plurality of fixed waveforms.

includes: a shape gquantizing step of searching for and encoding positions

and polarities of the fixed waveforms: and a gain quantizing step of
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[0011]According to the present invention in a scheme of encoding a
frequency spectrum. by setting the amplitude of a pulse to search for later,
to be equal to or lower than the amplitude of a pulse searched out earlier,
it 10is possible to reduce average coding distortion compared to a

encodif@N¥eRioNarsgheme, and Riavids High Oé{f"dit%?%ﬂ%%{?li%%\{negé%rac Me for
bff rate. Brief Description of Drawings [0012] 15FI0.1 is a block diagram
the pogHARAig MelBSnfiiraticreorAsiiaech Bodiipapparatosiateerditapteamprises

sertine@MPAdipeRt akthe pregeRidnyentian; toFéga%é%afglro?lét%iﬁgf%%e equal to

showing the configuration of a speech decoding apparatus according to
or 1owgh BiRBodNTERPST e Drdsantimeenticn o Bis aafieweHasts howirig the

search algorithm of a shape 20quantizing section according to an

embodiment of the present invention; and F10.4 is a spectrum
Advaniageame FlresentddlBy puldes to search for by a shape quantizing

[0011]sectigpacaergding tq 2 gmbadiment.af the presgntinyeqtion. Best C%%%%%ing 2

for Carrying Out the Invention [0013] In speech signal coding based on
frequefiy CREPSERRmR N8 btRérdDa spBEdH ighat fsoffer represtrreeibyam later.
to be e@Xailationand syrthesis filker Mf-ayveetorhaving 4 sinilag shapeitQ an cartier, it

excitation signal, which is a time 30 domain vector sequence, can be

15 possialedda! 9L posRiIEs Hrovritaca WalRIoHRTSHATBPE fihio spetehv entional

schemdhsauopra synthesisiiien and ashieve,gead perceptual quality T his.s.the
qualitative characteristic that has lead to the success of the algebraic
codebook used in CELP. [0014]On the other hand, in the case of

Brief IreguiepeiospectiDm (aciar)
[0012]
FIG.1 is a block diagram showing the configuration of a speech
coding apparatus according to an embodiment of the present invention:
FIG.2 1s a block diagram showing the configuration of a speech
decoding apparatus according o an embodiment of the present invention:
FIG.3 is a flowchart showing the search algorithm of a shape
quantizing section according to an embodiment of the present invention:
and
FiGG.4 ts a specirum example represented by pulses to search for by
a shape quantizing section according to an embodiment of the present

invention,

Best Mode for Carrying Out the Invention

[0013] In speech signal coding based on the CELP scheme and others. a
speech signal is often represented by an excitation and svnthesis filter. If
a vector having a similar shape to an excitation signal, which is a time
domain vector sequence, can be decoded. it is possible to produce a
waveform similar to input speech through a synthesis filter. and achieve
good perceptual quality. This is the gualitative characteristic that has lead
to the success of the algebraic codebook used in CELP.

[0014] On the other hand. in the case of frequency spectrum {(vector)
coding. a synthesis filter has spectral gains as its components, and therefore

the distortion of the frequencies (i.e. positions) of components of large
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35coding, a synthesis filter has spectral gains as its components, and
therefore the distortion of the frequencies (i.e. positions) of components of
large 4 power is more significant than the distortion of these gains.That is,
by searching for positions of high energy and decoding the pulses at the

powerpositinas:ofshigh inaigy ttatherihaa deeeding ayediesbayinga similgs: is. by
ha})pe to an irﬁut spectrf.lm,. it is more likely to achieve good perceptual

Sear“%&an&%o&% HeRSord! frbtiin&) Spetraffcdtfivg SMglojBa mbk@orat the

positieneodinghagdfrequengy byrawraallihumbet of puises:and employs,adRethQdmilar

h o{ searching for pulses in an open loop iz.ﬁ?éfrequenc ,mter\_/al of the - |
SHAPE CUiRg télrlégf.t ﬁ%ﬁﬁi@ﬁﬁe Pregef fivenisraifodss 8RS FoikP tHht PSP tua
gualitpulses are selected in order from pulses that reduce distortion, a pulse to
(0015 earcfgor le terr hasfa lower expectation value, and arrived at the present

invention. El%%tel's. A 'TRAHITB OF thePSiedEit invEtiS e P S8Mhg themodel  of
encodamgphtidenfanpuldeyta seardh foutates; tofbeeigual i or daweiothan the:thod of
amplitude of a 15pulse searched out eatlier, [0017]An embodiment.of the . )
seare R S i b Brgesrd BHON i A oPBARgIG e Coding
targetdrawings. [0018]FIG.1 is a block diagram showing the configuration of the

pe cading. apparatus according to the present embodiment. The ‘
[Oméipegg%cg%%%gg g}pvp%f}ta us s%‘l%%vgn&’inolgl(ﬁi@ispp?gil/?gé Wi tPe P ulses are
selectgfalyringdsectionl0puLRG qhantizinisectiont 262 cnverseidilter 103scarch for

o} I r ction 104, spectrum coding section 105 and . .

e g GoEon 00 et culihg EECen oo & pUdgh i cntion.

That ishape efiantizing Sectioe It amd gain quantizing sectiors 10 [DOHJLRPE: of a

pulse qeab@é@gﬁeﬂprfa]tg},p%fog@se [yg{eqropgerdlf:(t)lgvré]an[%l Isllstg%%%@lan %ude of a
speech signal and outputs a spectral envelope parameter to

pulse goatizi sBERBTNO2 as an analysis result. LPC quantizing section 102

[00 17 perfeims quanfizatigp Brto‘%%%$i59e%fe§'§‘? ﬁ%%[ﬁ%ﬁnﬁ‘é%@i)% a%%!ﬁg&?ﬁed below

' LPC: Linear Prediction Coefficient) outputte analyzing sectio
using 1he BoHHE RRpURCaedel febiesenting the quantization LPC, to

[0018 MuliiplexingSaclen K06 FLF ek EEM@%Q%%%%}%&WW&@ speech
codingdeacpogz?rdatus according to the present embodiment. The speech coding
apparatus shown in FIG.1 is provided with LPC analyzing section 101, LPC
quantizing section 102, inverse filter 103, orthogonal transform section
104, spectrum coding section 105 and multiplexing section 106. Spectrum
coding section 105 is provided with shape quantizing section 111 and gain
gquantizing section 112,

[0019] LPC analyzing section 101 performs a linear prediction analysis of
an input speech signal and outputs a spectral envelope parameter to LPC
quantizing section 102 as an analysis result. LPC quantizing section 102
performs quantization processing of the spectral envelope parameter (LPC:
Linear Prediction Coefficient) outputted from LPC analyzing section 101,
and outputs a code representing the quantization LPC, to multiplexing
section 106. Further, LPC quantizing section 102 outputs decoded
parameters acquired by decoding the code representing the guantized LPC,
to inverse filter 103. Here, the parameter quantization may employ vector
quantization (“VQ7), prediction quantization, multi-stage VQ, split VQ and
other modes.

[0020] Inverse filter 103 inverse-filters input speech using the decoded
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parameters acquired by decoding the code representing the quantized

LPC, to inverse fitter 103.Here, the parameter quantization may employ

vector quantization ("VQ"), predicfion quantization, multi-stage VQ, split

VQ and 35o0ther modes. [0020]Inverse filter 103 inverse-filters_ input _
param$PEECh NGt decoded pasameters and aWiputsdhe esulling fesidug), gonal

component to orthogonal transform section 104. [0021] Orthogonal
transfGEmRGHT 08kt 104 applies a match window, such as a sine window, to
[06211he BsidbakeRmpenetoperforps ah orthogenal tansioum USDEMRE T s ych as

. and outputs a spectrum transformed into a frequency domain spectrum
2 SIne [ehiatter YNt SpEARTh 9018 RpBERENP E6INTESeafion1 DS ZHRAS, trans form

using oADOYONal ranstepnmay gnerloy siharwanstorns syeh as fhedkk e Kldomain
and \%avelet transform, and, although their usage varies, it is possible to
S

SPE U KO (A8 T AP ESHh pOHEHE D an irbutRpeietitim ¢RiHg 20apsiaen 105.

Here. thieseo[@a32jkere, theerderofpincessingoietwann inverse fler 103 andys ¢he
gonal transform section 104 may be reversed.That is, by dividing
rrr. Rt

Bach'dibjettelf i aHPoRhogdRal tHHhtdmR bv“fﬁé ff‘éﬁiﬁ’éﬁéjﬂfie& it 1s

possitgdpectrumaakaorimverse fllerdiel sunitacinin 1agarthmig AxishpbiSrum using
19§§ibmle to produce the same input spectrum. [0023]Spectrum coding _
sectidh 105 divides the input spectrum by quantizing the sh_ape_ and gain
[0022bf thd spectrbm sephrately, m@@w@u@th’@erasuk&iﬁgiqiuamééatlﬁmtéehdqm and
to multjplexing section106.Shape quantizing section, 111 quantizes the =
ortho R At ol (ol & S0 el A Gl of TEd pesihedi viding
input aspkpelarities; jandaghin quantizing keetinm112caletilates and quantizegquency
gains, of the pulse arched out hy shape quanti ig sectionl 11, on . .

Spec{rgnﬁerglgﬁg basis. eagé z%%nzﬁz?ng%%%iroanc‘f’ffaﬁ‘& dzgiﬂ%dlﬁ Bingtxis). It is
possitdection1d@usil becdescribenpates e detaih .

[0023] Spectrum coding section 105 divides the input spectrum by

any o

quantizing the shape and gain of the spectrum separately, and ouiputs the
resulting quantization codes to multiplexing section 106. Shape
quantizing section 111 guantizes the shape of the input spectrum using a
small number of pulse positions and polarities, and gain quantizing section
112 calculates and quantizes the gains of the pulses searched out by shape
quantizing section 111, on a per band basis. Shape quantizing section 111
and gain quantizing section 112 will be described later in detail.

[0024] Multiplexing section 106 receives as input a code representing the
quantization LPC from LPC guantizing section 102 and a code representing
the quantized input spectrum from spectrum coding section 103, mulitiplexes
these information and outputs the result to the transmission channel as
coding information.

[0025] FIG.2 is a block diagram showing the configuration of the speech
decoding apparatus according to the present embodiment. The speech
decoding apparatus shown in FIG.2 is provided with demultiplexing section
201, parameter decoding section 202, spectrum decoding section 203,
orthogonal transform section 204 and synthesis filter 205.

[0026] In FIG.2, coding information is demultiplexed into individual
codes in demultiplexing section 201. The code representing the quantized

LPC is outputted to parameter decoding section 202, and the code of the



[0024]Multiplexing section 106 receives as input a code representing the
quantization LPC from LPC quantizing section 102 and a code
representing the quantized input spectrum from spectrum coding section
105, multiplexes these information agd outputs the result to the
‘ transmission channel as coding information. [0025]F1G.2 is a block
mput sgiediramislesiviritsthie spefigurediondithecspeeehB0 decoding apparatus
0027 according t%the present embodjment. The speech decoding apparatus
0027 R BT I [ T 8rRAURR With aBRrGTiDe Rits Sl &S 108e Preraigtand outputs
i jon., ' ection 203, orthogonal
e e o 205 e S ok 305, (0026]1n F16.2. cocing
[0028]inRyeoatian dswddinyliplexedintodadividuak3GcodesinHemaltiplexingme method
section 201.The code representing the quantized LPC is outputted to
supporfgeatheterdiegduimbrdectiopeounmanering sexionfthe sbamputspéctiumdsuires a

tputted t .d di ion 203. [0027]1 P decodi
decod R B e T iR oo
the dedQRYURGHesPdedBRANAIEL IR BYREsE fikey 205. [0028] Spectrum

decoding section 203 decodes the shape vector and gain by the method
[0029]supponingthéerpoding mettiod dppatfcim cadingvseetionddbrehovmin decoded
FIG.!, acquires a decoded spectrum by multiplying the decoded shape

spectrupe QuiPyy tAd deE saedryair snd Bathiome e conwarsfderaithagonal transform
0 onal tra m_section 204, [0029]. Orthogonal transform sectijon, .
et R e R o S e R S SRR i st 0
synthedfofgpegyum decoding section 203 compared to orthogonal transform
section 104 shown in FIG.1, and outputs the resulting, time-series
[0030]dévodketive Sideral Sigaddosyntigsis filtercROS: [Q080S ysithdsisilideRab o the

roduces output speech by applying synthesis filtering to the decoded
decodefLEeSiCHPLF AT CORRHINH 5 GRIBLOTEL FIReRbRSeiion dbaRmeriecoded

paramiSSOABHOAAMB EL QMR OMLRAIReSap decoding section 202

[0031] Here, to reverse the order of processing between inverse filter 103
[0031] attterthogonakdranstodn sechardQhshevitin iGelsctMREP@8Shnd orthogonal
decoding apparatus in F1G.2 multiplies the decoded spectrum by a
transfofragaeiiey spebanin of tHE decbeleprpeltalersiding eppadelitiomii e multiplies the
logarithmic >§is) nd performs an orthagonal transform of the resultin )
decode e B b ke g wE T PRARFGAH Gudiing n 0
logaritRBsdiaRid L Wit 26 SxPIRIBRAIRAGI A {003 ] P hAPE HAREZING SEEION
111 searches for the position and polarity (+/-) of a pulse on'a one by one
[0032] bsig. ohepanentirety staipretictenndineth seanchiintenaiofODRAHHO ewiqgained
. equation 1 provides a reference for search. Here, in equation 1, E
in detaifepresents the coding distortion, s, represents the input spectrum, g
00331 "eRreseNts e ideal gain, 6, is the delta functio represents th _gpu se
10033 SR Mo A RIS i vt on
a one bRWAOBLSDABEAUMINZING SLpHan:dihiseishec-amnlituge of a pulse to

search for later, to be equal to or lower than the amplitude of a pulse
[0034] sdarBhednguc@stien. [7 provides a reference for search., Here, in equation 1, E
represents the coding distortion, s; represents the input spectrum, g represents the ideal gain,
6 is the delta function, p represents the pulse position, yy represents the pulse amplitude, and b

represents the pulse number. Shape quantizing section 111 sets the amplitude of a pulse to

search for later, to be equal to or lower than the amplitude of a pulse searched out earlier.

[1]
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g27545(i it,b)}2 ...(Equation 1) [0035]From equation 1 above, the pulse
position to minimize the cost func]}ion is the position in which the absolute
value ispi of the input spectrum in’each band is maximum, and its polarity
is the polarity of the value of the input spectrum value at the position of

that pulse. 09 Agear %ﬁg@_pﬁ?@t emb?}{“}ﬁf}ﬁfﬁt?ﬂ% qrglplitude of a

pulse to search7or is défermined in advance based on the search order of
. . pulses. The pulse amplitude is set according to, for example, the following
L0035 btedeqm) Eifdtathetan phiteles of Al pRitss ape sbt to1"1.0. m0Hamher, the cost

functilnSedoi% agAndnitial Malugr ) By ieduging,ihg amplityde of the -t input

pulse little by little and encoding/decoding learninu data, the'value in _
specirifich e pBrBARANnte RAEATALS/NRSio BhdSD{BpettruicDistante)) isf the

value BEaAkNiWEa0 Asswmenat the amplitudes of the (- thQ later

ulses are the same as that of the n-th pulse.(3) All 15 amplitud'es with the
10036 LesPARERHARAE arbTREASEAH St ABRISP{4) PRe prodeseify of dbovse to
search(2)de (3) aeasepeatad untihave savabiastie BUMBRr QLbaplseS, f0Q37h AN, yiges,

example case will be explained where the vector length of an input
The PELRE AP Wk four ShrhBRS (4R Hits) afR e SPERun 18 ehickdeti 2 steps.
(1) Fiwith five pulsesulicthis examples six bits are rgquired-to show the pulse
osition (entries of positjons: 16) and one bit is required to show a polarity
Furldey. eduiriny thitty five bits fifortRatioh Bits iN tot; (0838 The ABwcoRe the
amplitheesestah algotithmuotshaps guantizingsegtionehtd in thiseample,Willarning
shown in F1G.3. Here, the symbols used in the 25flowchart of FIG.3

data, Esaend\?%}"fﬁe 1‘8II(.)WH§,hco Bntas bl Bl positioisbs[Bf sexch fédigy and SD

(Spectfpositiongtance)) is peak. In this case, assume that the amplitudes of
the (n+1)-th or laier pulses are the same as that of the n-th pulse. (3) All
amplitudes with the best performance are fixed. and n=n-+1 holds. (4) The
processing of above (2) to (3) are repeated until n is equal to the number of
pulses.

[0037] An example case will be explained where the vector length of an
input spectrum is sixty four samples (six bits) and the spectrum is encoded
with five pulses. In this example, six bits are required to show the pulse
position (entries of positions: 16) and one bit is required to show a polarity
(+/-), requiring thirty-five bits information bits in total.

{0038] The flow of the search algorithm of shape quantizing section 111
in this example will be shown in FIG.3. Here, the symbols used in the

flowchart of FIG.3 stand for the following contents.

c pulse position

pos[b]: search result (position)

pol{b]: search result (polarity)

s[i]: input spectrum

X numerator term

v: denominator term

dn_mx: maximum numerator term

ccimx maximum denominator term

dn: numerator ferm searched out earlier

ce: denominator term searched out earlier
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pol[b]:search result (polarity) s [i]:input spectrum 30x:numerator term
y:denominator term dn_mx:maximum numerator term cc:mxmaximum
denominator term dn:numerator t8rm searched out earlier
35cc:denominator term searched out earlier 8 b:pulse number y[b]:pulse
aniplitude [0039]FIG.3illustrates the algorithm of searching for the

osition of the highest energy and.raising a pulse in the position at first,
gnaﬁlttﬁgn searchiglg fopgqﬁg?( %ﬁzlé%%? to raise two pulses in the same
(0039 poditidh. (sed i¥s'tmars imbel Gl Here) in theealgdrithg Gf Fii(e. 3 osition of the

enominator -y depends on only,number %F and conseqf11 enﬁg,sgy
e t

hlghescalce:ﬁlealﬁ%\é this Valie in sdvanée, it is possi tg%%ﬁ%b?iﬂ/ & Algorithst then

searchBl@.3or a 10040p Wnexample ofa speetrupuiepresented byitiee polseson (see

ko rched-qut 10by shape quantizing section LIl wi} hown, in e aw
o e 10 et n Dote P eI bt el PhS Pe e hemigT

depender imovder. Agishown b FIG] .te prespri mihbotimentcsdtsttng this value in

aévan@@@lﬁt?gzjgfsgig%sfot% isr%%rﬁ?xf %Igtg[htﬁ%?é%%guqi ng .Jgower than the

amplitude searched out edrlier.The am S o?pulses to search for are
[0040 detérminad imrddvahce $Bbasauhor tre seanch drder idfetheudetses cso thatd out

by shétﬂéngﬁgﬁ%?ﬂﬁg Us€ction 111 will be shown in F1G.4. Here, FIG.4
illustrates a case where pulses P1 to P5 are searched for in order. As
shown in FIG.4, the present embodiment sets the amplitude of a pulse to
search for later, to be equal to or lower than the amplitude searched out
earlier. The amplitudes of pulses to search for are determined in advance
based on the search order of the pulses, so that it is necessary to use
information bits for representing amplitudes. and it is possible to make the
overall amount of information bits the same as in the case of fixing
amplitudes.

[0041] Gain quantizing section 112 analvzes the correlation between a
decoded pulse sequence and an input spectrum, and calculates an ideal gain.
Ideal gain “g” is calucalted by following equation 2. Here. in equation 2.
s{i) represents the input spectrum, and v{i) represents a vector acquired by
decoding the shape.

(2]
Z §(7) > w(i)

i

g mm...(Equaiion 23
i
[0042] Further gain quantizing section 112 calculates the idel gains and
then performs coding by scalar quantization (SQ) or vector quantization.
In the case of performing vector quantization, it is possible to perform
efficient coding by prediction quantization, multi-stage VQ, split VQ, and
so on. Here, galn can be heard perceptually based on a logarithmic scale,
and, consequently, by performing SQ or VQ after performing logarithm
transform of gain, it is possible to produce perceptually good synthesis

sound.

[0043] Thus, according to the present embodiment, in a scheme of
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information bits for representing amplitudes, and it is possible to make the

overall amount of information bits the same as in the case of fixing

amplitudes. [0041]Gain quantizin§ section 112 analyzes the correlation

between a 20decoded pulse sequence and an input spectrum, and
encodoaiculatesgo ddeal gape.cideah gain "as'ds bajtcaltedby follewinggauationise o

W2.Here, in equation 2. s(i) represents the inpyt spectrum. and v(i ‘
Sear(’hre};)(l)rreslean{:%ra \}é}c%F aCHui éedtIS)y dbc %?Hafthﬁ%%&@?[ﬂmqbéﬁfmﬁn@r pulse
searchgdinquantizihgesection 4 12«altlatessthesidet gains ang then performsstortion

cading by scalar guantization (SQ) or vector uar!]tiza jon. In the case of ,
Gompaﬁg%(r)}r%m%gc (\}/ggt%lr}%Sélr?ﬁzsa%igﬁ(ﬂ?isaﬁgsgl %%ér?o(} EHEENT B8Ry py<n n
the capredictiom guantization, multi-stage VQ, split VQ, and 30 so on. Here, gain

anbe heard perceptually based on a logarithmic scale, and, . -

{OOM]gonseahheenrﬂy,g By %éjpfgﬂvﬁ%ﬁg%éb ¢ %%%telfl pERGHHIng o afitiim Of_‘cmupmb

pulse temdfdrd of gain, feisrpdssipleito graduce percepipally geachsynthekispossible
: nd. [Q04 us, rding ta the present emhodiment, jn as heme of

to m pgk(?ocggl% ? rgq%t}éﬁgé%s%éct%?ﬁ, B:;E) %é[ft?r?ge ’th\é‘]qéfehnplifﬁaé‘éfoF Epliseteres are

groupsddietpfor Yatep it be eqdalboor lpwisrctharfithe amiplittide of @ pilsed for and

- C tlier, it.is. passi Ig to.reduce average oding distortion .
e 8 A oiora] SR e S toud ASCa Sbabe i B nces
of thejhatHecabest @ lwebitrates [DOdA)FurtHer, oy applyingehpetesentally proven

that. VRN O ALaSE Ol AU RYLE AMBILASS.AOASP AT RIN S (1.0, 1.0,

%roups In-an open manner, itis pOSSI le 7 ) |
1.0, 1.0, 1.0] and setting the amplitudes of three pulses searched for later to
[0.8. 0.8, 0.8], it is possible to improve the performance compared to a case
of setting the pulses of all pulses to “1.0.”

Further, by setting the amplitudes of five pulses searched for first to
“1.0.” the multiplication of the amplitudes are not npecessary, thereby
suppressing the amount of calculations.

[00645] Further, although a case has been described above with the present
embodiment where gain coding is performed after shape coding, the present
invention can provide the same performance if shape coding is performed
after gain coding.

{0046] Further. although an example case has been described with the
above embodiment where the length of a spectrum is sixty-four and the
number of pulses is five upon quantizing the shape of the spectrum. the
present invention does not depend on the above numerical values and can
provide the same effects with other numerical values.

[0047]  Further, it may be possibie to employ a method of performing gain
coding on a per band basis and then normalizing the spectrum by decoded
gains, and performing shape coding of the present invention. For example,
if the processing of s[pos{b]]=0, dr=dn mx and cc=cc_mx are not
performed, it is possible to raise a plurality of pulses in the same position.
However, 1f a plurality of pulses occur in the same position, their
amplitudes may increase, and therefore it is necessary to check the number
of puises in each position and calculate the denominator term accuratety.

[0048] Further. although coding by pulses is performed for a spectrum
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to improve the performance.For example, when total eight pulses are
grouped into five pulses and three pulses, five pulses are searched for
and 10fixed first, and then the rest(bf three pulses are searched for, the
amplitudes of the latter three pulses are equally reduced.lt is

subjeexperimentaltyiprgven: that byrseinththe amplitudeseof YR RHISES the present
earched for f{r.st to [1.0, 1.0,.1.0, 1.0, 1.0] and setting the amplitudes of

. 0, 1. ,

mven?ﬁ?&e PulBes séBttiet f0r 1517 10708, 6.6 6.8), PR 1pEBHSIe o ifiBrver ectors.

For eﬁwkmrmm@mparem@ﬂmerlﬁ@%f s%iirfgq;milcwlsgs @Bﬁ#p%@flﬁeﬁumber
"1.0." er, by setting the itudes of five pulses searched for ‘

Vecm%ﬁsﬁ}g bf.oggtﬁgorﬁu%pq?ggﬁgn%ﬁﬁg%ﬁ Ii?ﬁaésbaeregr?é#h%@egéa‘?yﬁlm@ domain

vectothereby suppressinghevamountefscaleulationsc[Q0@e]Furthethaktheugh A e sent

invenBase rilglsaq%gn ges&:ribe%c{ above with the present 20embodiment where

20 aftel sRapL eodingMAE préEER InviEtibiican such as

gain coding'Is pé%?oﬁr%e '
excitaprovide te Sames peffatiharite if shapercediog is iperformedrattersgain CELP, a
ase has been descriped with

synthe&%@i 1&%945@515%39%%%3&“%%%“% s ee)%%r%plg ;Cgﬁéc Mfﬁti]so&xjtﬁ?:‘f&w Shd matrix

e above embodiment where the length’ o
calculgie @b nuvber shpuised i fivenapors quantizifif thershapesof éhech in an open

trum, esent jnvention does not depend on the above numerical
loop %g%%g ar@]gltg:gﬁgp%e\x égtﬁcei’S%PndS%}Fgcetsogv?thao%ﬁgF %u%%?ic%ﬁ%ﬁe%@fg to be
perfonooalj Furthies, it ey be possible tbemploy amethqoliof performingfgamive to
ing e is.and. then ngrmalizing the spectrum b _
5 a0 Bt Al ert Ao Shas SHHAG ot e h AT eton.
[ 0049 For lewalthple, #cherprocessingiof sfsosib]]+0,vemedmnn mx anghedsem Mx search
for is HENPLREIAMEd, !F\ﬂg@sﬁ'm 15(?sr§#§ea%(?|l§{a§|§yﬁé&w 79 Igsthi%PgrPgrgearch
\ position. However, it a plurality of pulses occur in the same position, thei
for evgmphilidas megdinbrenséo aid thewsforest dusdcesdary torchegkdheave, finite

wave NYMBERIHIAQEPULS dﬂ?@Cth(?é.ﬁﬂo@o%gﬁig éﬁwatf?&g‘? s mi&%&)%%g;%s that
accurately. [0048]Further, although coding by pulses is performed for a
changgp%arah@pe adaptively), and produce the same effect.
[0050]  Further. although a case has been described with the preset
embodiment where the present invention is applied to CELP. the present
invention is not limited to this but is effective with other codecs.
[0051] Further, not only a speech signal but also an audio signal can be
used as the signal according to the present invention. It is also possible to
empioy a configuration in which the present invention is applied to an LPC
prediction residual signal instead of an input signal.
[0052] The coding apparatus and decoding apparatus according to the
present invention can be mounted on a communication terminal apparatus
and base station apparatus in a mobile communication system. so that it is
possibie to provide a communication terminal apparatus, base station
apparatus and mobile communication system having the same operational
effect as above.
[0053] Although a case has been described with the above embodiment as
an example where the present invention is implemented with hardware, the
present invention can be implemented with software. For example, by
describing the algorithm according to the present 1nvention in a
programming language. storing this program in a memory and making the

information processing section execute this program, it is possible to
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10 subjected to an orthogonal transform in the present embodiment, the

present invention is not limited to this, and is also applicable to other

vectors. For example. the presentinvention may be applied to complex

number vectors in the FFT or complex DCT, and may be applied to a time
impletiemain vecterseqdenceiinthe Welvelet srainsforap pr thedikea FesthBrm ghao  the

IPresent itnvention Is also applicable to a time domain vector sequence
Preserd,thVad extiation waveforms of CELP. As for excitation waveforms in

[0054 CElRiralsymthesis fllerisfinvohied, and dheeafosecd sast funetioniinaleson of

cach gfn%gterixa, al%lﬁ!laetir?%'_;lzeer% thelpedrformance is potrsuffi(:fgnt by asearchin
an operi 10166p When 85ilferisnvBIvE° dRa thevérord Yc|B§efE§é1§@§8§%}?d as
an LSheedsstotbespetformed insomedegreeuWWhenithere aremany pulsesditds chips

or parfiigetive to use a beam search or the like to reduce the amount of
PaTealculations. 6’49ﬁﬁurtzf1er, accor%iing fo thé présent invention, a

[003 5 waveidrhi tossearchtfod isinot limitediosa pulge {ispulse); and itis equally “1C .
et ible.ta. search for.even ather fix ayeforms.(such ag.dual pulse, .
> Ste?r‘?asr?g e‘wa§§8f?ﬁit%%v%ve°5f ir‘h‘gﬁl%eﬁgegpéne 2 égr"%o%?figilen%%gﬁ%&ems of
integravideeforms that change the shape adaptively), and produce the same
- ~ effe Further, althou .case, has been described with the prese
0056 fiegt, 100901 Qugh a,case has be «
[ D. gmboti iment_v%/ %rel% t%%lé]resgent i]lr?\?el”‘r]1f%|olnnFse ﬁﬁ%ﬁéﬁl téscﬁﬁg,ffﬁ%ltper@s%e%tt[ﬁ[ >
and 11pDivventiont oot fimited ¢d ithis blitdsreffeativewite other gogeosse processors
is alslPOpdIERIREr, nokQnlyacspageh signal but als an audio signal capbe, k.4
used as the signal according to the present invention. It Is also possiblé to
Programmmialla donfiguration irwhictethepresenbinventon is applibdio antiREtions
and sUeHIRlIN esidupl signalipsigad of an input SignalsRIP0RAIT e coding, iy
__apparatus and decoding apparatus according to the present invention can
[0057be rhautites on andemratmicativrdrisinhhappatatusand basastatiohace LSIs
as a r8PRA'YES IR & mebilespmmunicaion sYSIRM. 89 thatlhisiBASSIBIE O e ivarive

provide a communication terminal apparatus, base station apparatus an
other pigdiodgmmuticktichsystehy halinghRessinte tperationat B0eecttagn block

inte grabrue- {A0R3] Although pcass has b&ﬁﬁ1@@§@f&‘?do"¥?tlﬂf[9‘?_e%|ﬂ%\6qogv is also
_.embodiment as an example where the present invention is implemernited

possibifh hardware, the present invention can be implemented with software.

[005 8 Forexamplec hysdescriltingdhe algerithmaGcording to, the Prese™on7-053500.
invention_in a BSﬁfﬁogramming language, storing this program in a memory

filed ap kiR the THtdrmA6OH Priddediing RecHdR I ke Butd TR Rragrant ieRstract,

is inc PSR herein by reference in its entirety.

Industrial Applicability
[0059]  The present invention is suitable to a coding apparatus that
encodes speech signals and audio signais. and a decoding apparatus that

decodes these encoded signals.



11 implement the same function as the coding apparatus according to the
present invention. [0054]Furthermore, each function block employed in the
description of each of the aforementioned embodiments may typically be
implemented as an LSI constituted;by an integrated circuit. These may be
CLAJ1\/'tléudividual chips or partially or totally contained on a single chip.
055]"LSI" is adopted here but this may also be referred to as "IC,"
L. Psystbng bRidrasypbeligsdads dnlrancsiesie fenpliog psmitevumgradientsuoblity of

fixed wiNEOrALom LNO0RIFWIheEthe method of circuit integration is not limited
to LSI's, and implementation using dedicated circuitry or general purpose

HrOERSSHATIE RO SKRARPESTOhaM PRk PRITBINSTRA anlppitsaof the
fixed wikFtétdrRragrdmmable Gate Array) or a reconfigurable processor where

ections. ' lrcul i | gan be reconfigured is
A RO SR e LS B RNRRASEY omes ou
YO R CEPPS 564 S g SRt RSTSIRE A VAR Al oTa@iiesadactapups. the shape
quantizigcbaglogy@s adsiivatyeinerdechnalogh idsupalRly-8/$ernessine e cqual
to or o S&Y out fu %ig& b ac%}i{réggrraavti n usiﬁn this tecck?rg)logy. A@ lication of
bioteehnio Bgy 1§ alSo possiblée. 0B8] TRe diEeise e 8?% g'anese
Patent Application N0.2007-053500, filed on March 2, 2007, including the

2. PReGifigation,sranings andiabstaghiils incorperatediaersin by, tefarence dn. o,
h it e&rglr?l%éndust ial Applica %2?[0059]The present invention is _
searche o4 BRI S par ST R RYG S SHuEn SRR sHE R dio

signals and a decoding apparatus that decodes these encoded signals.

3.0 HeGAIMS, aﬁﬁi@%@&@ﬁ@%‘@iﬁ?ﬁ% T%ﬁﬁnﬁﬂdﬂ%‘%Bgfg'o%ﬁﬁﬂ%%ﬂ%cﬁon

;Fectrum with a plurality of fixed waveforms, the apparatu prising:
searcheslah HsePARIEARS g se BiFGA TritedeEmeHE bR Arrseinasiey] sosmivhdeand

polarities of the fixed waveforms; and
4. A coding method of modeling and encoding a frequency spectrum with a plurality of
fixed waveforms, the method comprising:

a shape quantizing step of searching for and encoding positions and polarities of the
fixed waveforms; and

a gain quantizing step of encoding gains of the fixed waveforms,

wherein, upon searching for positions of the fixed waveforms in groups, the shape
quantizing step comprises setting amplitudes of a fixed waveform group to search for later, to

be equal to or lower than amplitudes of a fixed waveform group searched out earlier.
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a gain quantizing section that encodes gains of the fixed waveforms,
wherein, upon searching for positions of the fixed waveforms in groups,
the shape quantizing section setslémplitudes of a fixed waveform group to
search for later, to be equal to or lower than amplitudes of a fixed
waveform group searched out4eBifigik 2 The coding apparatus according
to glajm 1, wherein the shape quantizing section searches for the fixed .
_ Waéggc;%}#séléyqesva Ll}atfn%cgcl)adll#‘é dﬁlisetg}f%n EJ); laczhidggpggi%gi%e'rﬁ Cofpding
distortpparatuscacsoriag toccldin 1¢ wireesin thexshapehquantizing $ection obtain a

. c t itions of the fixed waveforms.using a predetermined .
pi@f@r?&%ﬁi&?&@%.%@oﬁég lIr]§<;,r'thao%lgcl)#(r}ﬁ(‘ﬁrdesl?r]?gsghd ¢hed ier'lggaH Fr%éﬁé%cﬁeewce* a
shape gpeptimpwien ayplirality of fixediwaveformss the methed camprising:truma with
a Smaﬁhmt@n Lﬁtsefp 8[3%?&'&&”%1];% %%ﬁlaerq]ﬁ%%lng F}(%Sltl(g 3 a(!.?d uantization
_ olarities of the fixed wavefoiiits; and a gain quantizing s%ep o?%nc%dlng
unit (ghﬂn)s ot he fixedswavetoriiisde wididrein, bporeseahchintpfer positionsofch of
the pdh%f%ﬁdswwﬁf%“%'@QIQHPEDW%§QQP§rqH?£‘ﬁ'ZP&Sﬁ&&?%@ﬁ'sﬁude width
__setting amplitudes of a fixed waveform group to search for [ater, fobe
whichediidl td 8F Towerar e dmplirided st v fixed waveformugrotip searched out( 112)
calculgaghe Rrovi is, an.encoding. device which can .
réﬁggc% t%ﬁ%@g?ﬁg g%éfor?iééar?\gg%%rﬁ p"@arteﬁdgt(? ?h%%oﬁée%%t%%?e%h%ﬁﬁeﬁ H)
for cagh pEapdistain a preferable sound quality for auditory sense. In the
encoding device, a shape quantization unit (111) quantizes the shape of
an input spectrum with a small number of pulse positions and polarities.
The shape quantization unit (111) sets a pulse amplitude width to be
searched later upon search of the pulse position to a value not greater
than the pulse amplitude width which has been searched previously.A
gain quantization unit (112) calculates a gain of a pulse searched by the
shape quantization unit (111) for each of bands.



