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 commiinications, it is necessary to compress and encode 10
digital information such as speech and images for efficient use of radio channel capacity and storage
media for radio waves, and many coding aiid 8€tdingIsehemes have been developed so far.

[00.03] Among these, fQr, {/Z ch %?i t %2 Lge &@ﬂb en improved significantly
by the fundamental sc?ﬁn@ﬁ@ﬁ(@o %%ie xﬁm eg%iﬁe ﬂg’T %): , ch skillfully adopts
vector quantization by modeling the vocal tract system of speech. Further, the performance of sound
coding t?(éralﬂ%lp@% sfylcg] s audio coding has been improved significantly by transform coding
techniques (such as MPEG-standard ACC and MP3). 20[0004] In speech signal coding based on the
CELP sthéfk! and btherss asspeech sighahisrefters sepresentedibyan excitation anddsynshiesis filter. If

a vectorhaving asimilar shape g%ggc%xgitgti n.signal, which is a }Hn? domain vector sequence, can
be decoded, it is possible to prod

ce a waveform similar to insﬁgpépseech through a synthesis filter, and

achieve 75good perceptual quality.This is the qualitative characteristic that has lead to the success of
the algeggagggtqg&pgo&l{sed in CELP. [0005] On the other hand, a scalable codec, the standardization
of which is in progress by ITU-T (International Telecommunication Union Telecommunication
StandartiZiton SEEtSH &hkE otleensn isndesignad.to coversoftomny theccanventional spéechdand (300

Hz go 3-&1'@'&'@1 tq yvidehand,Wpste. @Elz)sp\%'%}aﬁtsﬁtd’ ag%a%te%s ngh'eaﬁ-%}?&tg apRIo xingatep/ 32 kbps.

That is, a wideband codec has to even apply a certain degrée of coding to audio and theféford cannot
be suppoRESY Gl EoiveAtional dovEpitrat spisch adtng/rethods basstkon the humandoice

model, M@&%Egﬂ%el}}pé/g. LT standard Ql.ggg{;,s%e%afr_ed earlier as a recommendation, uses an

audio codec coding scheme of transform coding. to encode speech of wideband and above. [0006]
Patent DBE{rmknt A BiRBIBsER% ScHérpersTépeating a frdqueney Bpeodinzutiizing Swacirahas

paramelgts andpich Baramalers. shatel am arhagenal Uaes oum A £oRing 13 goral sgauied by
ur

inverse-filtering a_speech signal are performed based on spectral parameters, an rmore

diSclosdsXaE &% &xdmiple [FbdiHg ™ codibdahetkoll bakad soaddebooier of algebrmei stubtures.
Patent pcgenant 1tdapaness Raient Application Laid-Qpen NoHE0- 260698 ¢ rmance of

sound coding technology such as audio coding has been itmproved
significantly by transform coding techniques (such as MPEG-standard ACC
and MP3).

20 [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

D
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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
30 . 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.
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ITU-T standard G.729.1, declared earlier as a recommendation, uses an

audio codec coding scheme of transform coding. to encode speech of



10 Disclosure of Invention Problems to be Solved by the Invention [0007]However, in a conventional
scheme of encoding a frequency spectrum, limited bit information is allocated to pulse position
information. On the other hand, this limited bit ihformation is not allocated to amplitude information of
the pulses. and the amplitudes of all the pulses are fixed. Consequently, coding distortion remains.
[0008]Itisdthiesefdrenan chject. of the present invention to provide a coding apparatus and coding
methoc@ié%t an E,eo{uc? agjera e coding 70distortion compfared to a conventional scheme and achieve
good percepttial sEURY qUATE IR SdcHerf& 6 Rtcdding SHfeRGendy Epeefing Mearadsesealving the
Problespf0068the dodingeapparattisl opthe present invention dhatynedels.and 23 gacades a,
freque%%hs(pgcggrntwith a plurality. of fixed wayeforms, employs a configuration having: a shape
quantiZing Sechion that SeArthe¥sr SRE'SHcded FoSRBhSSAY Hodrifids Bl e fixBd waigorms; and
a gain gpantizingsectiandhat eficoded gaissdfdhedixest wavetorma.and inawhich, ypan searching for
the po%&ig&sots)gghe fsixaed W}gg\i/efogms,flhe ah%ge 30 qléja%n;izing section sets an amplitude of a fixed
waveform to seafch for later, 10 be equal 16 b 1dwer Uaﬂlﬁﬁk?ﬂﬁuhés&@ﬁ&éd)ﬂ/ﬁ{?@f@km géarched
out eardibre [0010])The coding. method of the present invention of modeling and  encoding a frequency
spectr ' lurality qf fixed.waveform 35inclu%%;s: shape quantizing step _of searching for and
encod%tgggtﬁ%gﬁnmggzlamieg i the ?&esg WaVstormid %ﬁ&té(@%inchdgﬁf?zI?ﬁél st dit ehtdding
Gains efihe%ed waveforms, and in which_ upon searching for the positions of the fixed waveforms,
thg shape quantizing step comprises setting 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. Advantageous Effects of

Inventibt JobasljAc sordimgetatilea present invention in a scheme of encoding a frequency spectrum. by
settinggheamplityde.of a pulse tgvt,%r@c? for ]Iﬂattgjrhto 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
converfiéitad] However. in a conventional scheme of encoding a frequency

spectrum, limited bit information is allocated to pulse position information.

i3 On the other hand, this limited bit information is not aliocated to amplitude

information of the pulses. and the amplitudes of all the pulses are fixed.
Consequently, coding distortion remains.

[0008] It is therefore an object of the preseni invention to provide a

coding apparatus and coding method that can reduce average coding

20 distortion compared io a conventional scheme and achjeve good perceptual

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
25  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
30 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.

[S]
L

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

and polarities of the fixed waveforms: and a gain quantizing step of



scheme and provide high quality sound quality even in a low bit rate. Brief Description of Drawings
[0012] 15FI0.1 is a block diagram showing the configuration of a speech coding apparatus according
to an embodiment of the present invention; 3 FIO.2 is a block diagram showing the configuration of
a speech decoding apparatus according to an embodiment of the present invention; FI0.3 is a

flowchas shaviaa dhe-seaichiplaeritam of & epe20qHANtzINg section Rgearding la.an embodiment
of the present invention; and  FI0.4 is a spectrum example represented by pufses ¥ sedrch for by
a shapB'Guiatizing Section e dorertly teras EniBsdinkat 9 ame pleserit Mventioap Bestivode for

Caming Qub ihe Invenien 9013 In spasehsignakoaring basediondoa GELP scheme and pihers. a

speech signal is often represented by an excitation and synthesis filter.If a véctor havi élgé similar
shape ngﬁ@%&té&i% 3y 3an R HiBK fs ¥ tinE 8304 dbtai vettsreseqbiedce nearrbe dacoded, it is
passible 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
codebodR B ReC L B f5514)0h IAe ME?hand, in the case of frequency spectrum (vector)

35codipgoa synthesisfillen basspetral gains as ifs &8@98[‘%8@&%%@%%"05%%%QBS&%}%O”aOf the

frequencies (i.e. positions) of components of large 4 power is more significant than the iStortion of
these JAMEUFRAsS By SERFRhIRY fOF POBEIJRS GHRIGN BHE?g9 RAdIIBESding Thansdistar atake positions

of highiengegygriathabthan decodinga veetarhaving & sipilanshapesto, anypRUL spectryim, itjs more
Iikgly to achieve g?ood perceptual quality. _ ) ) '
] 1s possible to reduce average coding distortion compared to a conventional

scheme and provide high quality sound qualitv even in a low bit rate,

Brief Description of Drawings
[0012]
15 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
20 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,
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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
30  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)
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coding. a synthesis filter has spectral gains as its components, and therefore

the distortion of the frequencies (i.e. positions) of components of large



[0015]Therefore, frequency spectrum coding employs a model of encoding a frequency by a small
number of pulses and employs a method of searching for pulses in an open loop in the frequency
interval of the coding target. 10[0016]The preseft inventors focus on the point that, since pulses are
selected in order from pulses that reduce distortion, a pulse to search for later has a lower expectation
value, apchaerived atdhe pigsemt davantivn: T igiadaalye ofithe present iiventigniliesin setting the
amplitude of ?épulsefto search for later, tg .b%e%ual to or lower than the amplitude of a 15pulse
searched 8Lt é}ﬁer.%ofﬂﬁﬁ%ﬁ%oaﬂn AE Bf thRSSESeATihvETESHLINE beiexphaihs balowhiising the
accomppayingdrawifigsi {00:8}HG. 1 issatieckidiagesn showing the cenfiguration of therspeech
coding a%paratltls according to theﬁresent ,embodimegf‘ The speech coding 20 apparatus shown in
FIG.1 is provided with B arl§sing Skctibn' 10P VB it @intiZifig Sattort 169 OfvBras fiRkraios.
orthogonaktransform section 104, spectrum coding section 105 and multiplexing section 106.

Spectru ding section 105 is provided with shape quantizing section 111 and gain quantizing
section qalg?f 019](Ie_f:23l rgigffz‘iné[ 'SEHoRT01 ?)%?fbtﬁ%?a Iﬁ%‘fﬂ%eo%?@#éﬁaly%is%f)gﬁ]in[ﬂft speech
signal andwutputs a Spepirat envelopespasiimeten te: L RC guaniizing saation 02 asan apalygis result.
LPC quantizi ction 102 performs quantization.processing of the spectral envelgope parameter
(LPC: L?r?egérc rggic%t(l}cinpé]o%ﬁfcfélnﬁ%L%tgﬁﬁe%ci)ﬁgrﬁ?f_Is%anrael ¥ihg se ﬁéﬁrfd‘j %]ggﬁﬁ 50fbRS a code
represertinggthe quantization LPC, to multiplexing section 106.Further, LPC quantizing section 102
outputs d meters, acquired by decoding the code representing the quantized LPC, to
in%/tg)rse ﬁggféigs.ﬂ%gr%e, {%teg ?)%r}aﬁrﬁgtvec?%éarrsiti%gtlc&rg moali/ e&rlh‘f"’plcgjyg\j‘/léitcig}rf1 agaﬁtﬁ?gt?oﬁ k‘ 6"),316Fediction
quantizaténs rndltistagd MQfrsplit YQland 85ather dnodes.i [A020)inverserfiltes 103 inverse-filters input
speech ysi dec p 's and qutputs the resulting residual component to orthogonal
transforFnéﬁégl-:%:t}il(];]‘?]S 1%43%&();51]@%% %{gg({)?l%?tr‘é%ﬁoefmasné‘itﬁ)rﬁ 10 a%blit;dnseaprﬁ%%c nbvihnd%w,téﬂ%h asa
sine winbB®, t6-tHe residual ¢dbriiponess performsranorthogonal teensierihasing MIDECI: arfdaoutputs a

spectrum transformed. injoa freguency, dq)rga sRectrum I(hlereina r "input spectrum™), to spectrum
coding Sgélction 105. Here, the orth_ogjon%l tran%}#orm m%y"em&%"f ]o]tcﬁéerutlrﬁ#s%ogﬁ% islu{z:1 %sot eaEFT,
KLT andWewalet tidradoprit gadiigithough their usage varies, it is possible to transform the residual

Compongfy AP anRPULIRGEIHIhHSH9the present invention will be explained below

using the accompanying drawings.

[0018] FIG.1 is a block diagram showing the configuration of the speech

coding apparatus according to the present embodiment. The speech coding
20 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,
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h

[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,
30 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.

[
Lh

[0020] Inverse filter 103 inverse-filters input speech using the decoded



10any of these. [0022]Here, the order of processing between inverse filter 103 and orthogonal
transform section 104 may be reversed.That is, by dividing input speech subjected to an orthogonal
transform by the frequency spectrum of an inverse filter (i.e. subtraction in logarithmic axis), it is
possible to produce the same input spectrum. [0023]Spectrum coding section 105 divides the input

spectrumaby auasiizing:the shang anthgainafihespertym sarargia e, A0d outpuls e [esping

guantization codes to multiplexing section106.Shape quantizing section 111 quantizes the s_hape of
the input &SRt S8 2bfhall number of pulse positions and polarities, and gain quantizing

section fld@xalculates aad suiaptizesiiegains: of the pulges searched.ouf by shape duaptizing section

11, on a§1er band basis.Shape quantizing section 111 and gain quantizing section 112 will be

describ&dHiEr TH BB - [(BD2EAVIAT MGG SEREEH 206 rReEIvasEsIRHUEE cade #bpFasentingithe

quantizatien ¢ RCHIOM, LG quaniizingsesien: 102 andha €adeJdgrreasniingdhe auantized, input
spectrum from &igce fgr%{m coding section 105, multiplexes these information and outputs the result to
anné

the tranSRfi&f [ B&'d6ding TSN Rtfor B 28]FIG. 578 & BISek ddgPamSHoinig IHE
configurdtion.of e speachc3Q lecading apparatisaaearting ta dhe prasent srabegiment. The speech

decodi tys shawnq in FIG.2 is proyided with demultiplexing section 201, parameter decoding
section %%Ee?éﬁij%ngiec cﬁﬁalgécﬁrc?r%ﬁg%fIBrth%%neﬂlﬁgﬁélI%}t}mggééﬁohsm aRdrsyhthesisstilter
205. [0026]liHEG.2, vadinfpinformationsisidamuliplexad into; individuak3keodss dindemultinlexing
seigfion G%Q%E?% ceodee r_epresentlng thg guantized LPC is outputted to.parame.ter decoding section 202,
the code of %he 6 input spectrum is outputted to spectrum decoding section 203.
[6022]  Here, the order of processing between inverse filter 103 and

orthogonal transform section 104 may be reversed. That is, by dividing
input speech subjected to an orthogonal transform by the frequency
spectrum of an inverse filter (i.e. subtraction in logarithmic axis), it is
possible to produce the same input spectrum.
[0023] Spectrum coding section 105 divides the input spectrum by
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
20 small number of pulse positions and polarities, and gain guantizing 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

2
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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
30 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

L2
L

codes in demultiplexing section 201. The code representing the quantized

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



[0027] Parameter decoding section 202 decodes the spectral envelope parameter and outputs the
resulting decoded parameter to synthesis filter 205. [0028] Spectrum decoding section 203 decodes
the shape vector and gain by the method supporting the coding method in spectrum coding section
105 shown in FIG.!, acquires a decoded spectrum py multiplying the decoded shape vector by the
decoded gain, and outputs the decoded spectrum to orthogonal transform section 204. [0029]
Orthogonaltr apssform sectibn 204 ipepknimsnateivdengestetinsfdbm of the decoded spectrum outputted
from spg%yﬁ ecoding sectign 203 compared to orthogonal transform section 104 shown in FIG.1,
uts'the

and out GG e 08 RES ¥ o e dGediat HicsRElt SYrRiesiOHREPTTH O3ty nthesis
filter Zow%ﬁﬁgo&g&g&%%g%qg@Pﬁ%ggr}m&s%g!tering to the decoded residual signal
0

outputted from orthogonal transform section 204 using the decoded parameter outputted from

parametgiodetodingsectidn-302(00a1dHere, dedeuerae: thp.prdes @b pragessing,Petwaanyiaverse filter
103 and orthogonal transform section 104 shown in FIG.1, the speech decoding apparatus in F1G.2
multiplie¥ fRoddotEdcegEruribydafreperiney spdoreupmasiohd decbded parBifeter(igeirasdition in
the Iogagégnajgdaxisz_and %erfor[r{xslan or ho%onal t @gsgform ofther SLgting spectrum. [0032] Next,
shape quantizing'secton T1 PR G4& ﬁﬁa it InG SEERGN 3195w 1€ BkpTATe 88 FRAiPYB8E3] Shape
quantizipg: seetiai bl saprches il heresiienand RRJaARY,(+/-) of a pulse on a one by one basis
over an entirety of a predetermined search interval. [0034] Following equation 1 provides a reference
for sear¢h0MgreCinteguatiordnsforepreseots 1hé cedingdistorionr s, eprasents;thednpedosiedctrum, g
represents the ideal gain, 6, is the delta function, p represents the pulse position, yb represents the

pulse arfipiftHE IR RSpHER RetRIBUISE iR EIC SRapE cinmipied Seetibagrnz!sewsfsramplitude

of a pulse | Se hfor later e equal 0 or lower th n the am litude of a pulse searched out earlier.
7 g2754%1%5((tit(?it,?5)§(gg. .S;I gﬁéﬁo% ;1’[88%1 Por% é&u‘?ﬁ’.‘é‘rﬁ?‘%a%é’%/%? lgsp%gg(%gsﬁ’f%ﬁ%eﬁhﬁﬁgf?e the

cost funglieRdsidrgeesion 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. [1088JAcéomirgitofiher pi8Sampdmbodintpwt, sivedmnipligdofa puldets sEadhdopishe
determined in advaF%ce based on the search order of pulses. The pulse amplitude is set according to,

for exarfiBfe e RSO LRttt dromeonhtnde L s M putgedon e Lbugra the derdether, n” is
set to %Mépglﬁbﬁﬁ%}l %%8%&981 I%J e the n-th pulse little by Iittlg and
encoding/decoding learninu data, the value In which the performance (such as S/N ratio and SD
(SpectrytiBiistanes)) is peaksinibiscrsarassianeithabihe-amplifudesfer 103 and orthogonal

transform section 104 shown in FIG.1, the speech decoding apparatus in FIG.2 multiplies the

decoded spectrum by a frequency spectrum of the decoded parameter (i.e. addition in the

logarithmic axis) and performs an orthogonal transform of the resulting spectrum.

[0032] Next, shape quantizing section 111 and gain quantizing section 112 will be explained

in detail.

[0033] Shape quantizing section 111 searches for the position and polarity (+/-) of a pulse on

a one by one basis over an entirety of a predetermined search interval.

[0034] Following equation 1 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]



the (n+1)-th or later pulses are the same as that of the n-th pulse.(3) All 15 amplitudes with the best
performance are fixed, and n=n-fl 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 20 with five pulses. In this

example, six bits are reqlgrg(g)o 8 %,py(ﬁ@ﬂogg'g}@n (ent_(ig%gifu%Q§g;9QSj 16) and one bit is

required to show a polarity (+77), requiffhg 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
symbold ¥&adin thE BAGRERAIP B F1GE0stand for the fotloning! isontentsnériaise pogitorost

pos{b]:seateh sesult (pesition) yelthl:search tesylt (aelatity) & [i1inpu gpectium 3oxpumerator term

y:denominator term dn_mx:maximum numerator term cc:mxmaximum den‘oﬁinator_termlgﬁ:numerator
term seSPEHAHSHt Bharidf BoRaRerisniid M seafched bat exilier B Yipulsel Avrnberfy[ilspulse

amplitude [Q03IRIG 3 Mustrates the-alganithm,of searehing for the,Rgsition of the highest energy and

raising agpulse in the position at first, and then searching for a next pulse not to raise two pulses in the

same poStioh(sed *FAFERInieIENS) Hef&ih ﬂf@%ﬂ%ﬁﬂoﬂﬁi@%@ﬂéﬁ%ﬁn@f@ -yudiepénds on
only nurdercth, fendscarseauenty, by calsulating thissalus inpdvance it is-aessible o gimplify the

algorithq:lh%f gllﬁs% amplitude is set according to, for example, the following steps.
(1) First, the amplitudes of all pulses are set to “1.0.7

10 Further, “n™ is set to "2” as an initial value. {2) By reducing the
amplitude of the n-th pulse little by little and encoding/decoding learning
data, the value in which the performance (such as S$/N ratio and SD
(Spectrum Distance)) 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

15 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

20 with five puises. 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

25 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
30 X: numeraior term
v: denominator term
dn_mx: maximum numerator term
ccimx maximum denominator term
dn: numerator ferm searched out earlier

(8]
th

ce: denominator term searched out earlier



100401 An example of a spectrum represented by the pulses searched out 10by shape quantizing
section Il will be shown in F10.4.Here, F10.4 illustrates a case where pulses P1 to P5 are searched
for in order.As shown in FIG.4, the present embbdiment 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 dettermined in advanceulSbasea barthe search order of the pulses, so that it is
necessary to use information bits for rejpresentipq am litudes, and it is possible to make the overall
amount of inform%&o?ﬁ bits the same'a} i the BaSe 0 fixing amplitudes. [0041]Gain quantizing section
112 an&lyizé8 the cofrelatitn: betweern a2@decodédnpulfes sequience amd dreinputispectwfn;hand
calculates an ideal gain, Ideal,gain."a" is calucalted by following eqguation 2.Here, in equation 2. s(i)
repreose R in Gt opSct I aHS (ronebahE a tocFachu At By dhcdding thi hapeot:
[0042]Fathehgain fuantizingtspotien 132 calculatestthe idet gainmatic:-themypeforns €odingeby scalar
quantization (SQ) or veg antization. In the case of performir tQr quantization. it is.passible to
perform efficﬁ%ﬁ?%oé?ngﬁé?/ﬁgédictl%éﬁﬁrcfdah%z%%gn,a ?fﬁﬂfﬁgﬁarae ch sp itV ,@arﬁ%ld‘%é)ogn. Elere, gain
can be fenra percaptudlly baseteor‘h Iogarithmionscale canidly conseqlenthti by peiforning: S® or VQ

after perfar ra%ﬁlolgairgt t_g%lisgo mn af ililf}it{' Qo\':isdiglre1 19 rgrgq%gﬁdq@r_ceptually good synthesis
sound. %OOA[%HT us, ac orcilng to tLe p&nt en?inoalrﬁent, In a scheme of
[0040] An example of a spectrum represented by the pulses searched out
10 by shape gquantizing section 111 will be shown in FIG.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
15  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
20 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)

;

g§= W ...(Equation 2)

I
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[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

36 so on. Here, gain 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



9 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 is possible to reduce average coding
distortion compared to a conventional scheme &hd achieve good sound quality even in the case of a
low bit rate. [0044]Further, by applying the present invention to a case of grouping pulse amplitudes
and searchingi the grofipsjinean opepenanner, ibis pessible telimpseaygithederformanggiker example,
when total ei\%ht uls%% are gro ed into five pulses and three ltJA%gs, five pulses are searched for and

10fixed Tiret, and then tha rest of thred Flilstd atb d8a¥ERed B ar‘?)’ﬁ’lﬁé’&@g_%f tHe Patﬁt}.‘r‘]tﬁ?ee
pulses areegjually sedueedllitds. experimentsdiybpeoven that;by setting the amplitudes gfofwe()@lléliesl
searched far first tq [1.0, 1.0, 1.0,.1.0, .1.0],.and setting the.am Iigude of three pulses searched for later
10 [0.8, 08 BB[ it I posaible 18 hprave %ﬁ'g "PErfoN a%‘%élggrgﬁa% t%gél%gs%‘i%b?%&ﬁﬁﬁ tHe pulses
of all pulbesctost1¢."a 1Burthet, iy setting the amplitudes of five pulses searched for first to 10 the
multiplicat ft mplitudes are not necessary, thereby suppressing the amount of calculations. .
[0045]&@%?6“%%%%% Tcg’s% has beerr dgjs%ri%)[e%sg%vle v%ﬁ%&h%llpﬁégsélntcﬁﬁg odiért\Where gain
coding isperformeli aftér shapke soding] the hregentimgentiomcan qrovidethe, sanie perfermance if
shape coding | formed affer gain coding.J0046]Further, although an example case has been
describ%%vgﬁ% Stfk?f gb([)%‘cee r%é%%?lr%gﬁtcv%here the e]"n% gfs a svf)gg rur%oféﬁsiﬁ%ﬂ turpé}h%?ﬁeaf@ number
of pulsesr sl upoie qliantizingstire shdpeioé the spectrufity the presentiaventiarhdaesorot.depend on
heaboye pyrericalplugz.antheapaioye e same efgets with offier pumerical yaies, J00471
Further, it may be possible to employ a met od of per?ormlng gam coding Qﬁ a per nd and
then no%éhﬁH@th@'sﬁ@cﬁm@myﬁfe@de@qw@a’imcémdepbrfoﬁmirﬁg shape wading bf theopresent
invention fror,exampig i the RIRSEsSIAg é’fo%[ﬁ?é[f?]éﬁﬁsg'%?éh%@?%ead‘%c?ﬁcr% if/ﬁ?ﬁ.‘ﬁ‘?&”orme‘j:
it is possible to raise a plurality of pulses in the same position. However, if a plurality of pulses occur in
the samle Position! tAeirarmpittides iley ierdased and theheforepit isarecessany to fchetk thetnumber
[0.8. 0.8, 0.8], it is possible to improve the performance compared to a case

~

15 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
20 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

2
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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
30 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

tad
Ly

of puises in each position and calculate the denominator term accuratety.

[0048] Further. although coding by pulses is performed for a spectrum



350f pulses in each position and calculate the denominator term accurately. [0048]Further, although
coding by pulses is performed for a spectrum 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 present invention may be applied to complex number vectors in the FFT or complex
DCT, armmawwampﬁaddmhdmdomafﬁs\ﬁmr ﬁ@%@ng?eiﬂeﬁli‘? Wayslatiransions E&é@%ﬁikfi- ]
Further,.the present.invention is. also applicable to a time domain vector sequence such as excitation
waveforms %%E%EPl.SAé} for %i&&?%)ntﬁg%?%r@& CELPSY ShREsidliftet fs HVBIVet caker therefore
a cost fhetioeriavoives aimatpixecaloulation:hewen theperiormapge i&inh%su{jﬁgmgelgy ﬁf&@f&g in an
open 10Joop when a filter.is.involved, and therefore a close loop search needs to be performed in
S(F))me dgéar%QéWhléln Tthgrg g#é] Mary B{H@Sé, ﬁéﬁff@&ﬁ/éﬁéﬁs}éea%%}heéieé?cﬁ St ike Feeidiieduce
the‘amouint afrcatoylations.i 0048 Futthet caceardirigrt the prasent invemtionha:wayefqsm fosearch for
is not Iir%tgg Qigrpullge zgrsn u!iset)),ha\na [ eis Tanqugdb(/. ossible to _search.for even ot_her fixed Wavg-:-forms
(such as dual pulse, triangle Wave. finite- wave of IMPUISETEEIOnSES Fitdr COSHIGRAE ahb Flkeds
waveformg:thatichangethéshape ddaptively), and fseduceitheisame effecs.[8Q50]Farthep although a

case ha S6Efi with the. preset 2mbodiment where the present invention is applied to
CELP, tﬁﬁg?g%s%%t g%?ﬁg\lfieinstiéﬁtvig En%f <ﬁ“mat%g t%hﬁwri% Sufis effettive ith Othér EoLEes. 00t fErther,

not onlycé spgechosignalsutalsiocan avdionsigna ¢ambe waéd asctie signal ageodingae $iecpresent
inygntion, It is glsg. possihle to.emp onfiguration in which the present invention is applied to an
LPC predicgi%n residua siglﬁgf'ir%te%}(,j\%fciéna}npﬁ%ﬁfﬂ%?fif{obgﬂ ﬁg%%d%ﬁﬂr ?)lpa?ft% tAcPdecoding
apparatil§ degondifg to the présent invenlidre carhbesmountedion @ admemunicatienterminal @pparatus

and basg;statign gpparatus in a,mohi unication system, so that it is possible to provide a
communiscation terminal appara%us,%qaﬁsééqs?a?%%‘uacp?p%%gtéén aOnU‘dh ?ngg;lcea:ltg%%tdﬂf&‘tion system having
the samiéd'8pératiohal Boctett aerdboge 1 {00B8] Mithoughia caseihas beerdescrhedavith thehabove

T L e
presentlifiVehtioh iA'4 S5pio@anmaingliargsagey storing dhisipmgram i tamermoryaand rfiaking the
Informate v Rrogessing SEION-EXeGHIE, tiS1RLROTaNL. Ak IS RRSSIRIEMOr o 4 waveforms that
change the shape 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
20 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.

2
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[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
30  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

Led
A

programming language. storing this program in a memory and making the

information processing section execute this program, it is possible to



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 asan LSI constituted by an integrated circuit. These may
be individual chips or partially or totally contained on a single chip. [0055]"LSI" is adopted here but this
may alsorhel eefemed toeas A6 ¢ "systeriolaSIa’s"super &&limer "wiip LSk depensiagn differing extents
of integration. 10}[0056 Further, the method of circuit integration is not limited to LSI's, and
implemgﬁtea%f?onn[ ug‘i‘ﬁan editated circuitry or general purpose processors is also possible. After LSI
manufagturé ditilization of an P GA (Riefd Rragranmalle &atg Areay)ier arecepiiguraleprecessor
where connections and.settings of circuit cells in an LSI can be reconfigured is also possible. 15 [0057]
Further, it in e%?aﬁéig SrQiF Ifré%ﬂ}fﬁggeﬁ c%f%elé %H?%%pﬁég E§P§%§L‘%@s%lf@fﬁ¥?€%‘ﬂ%‘éﬁgc@rﬁent of
serhicoraucto teohnologye dr ayderivativerother technoiogy, itlis paturallyralsm@aessible ta:gapy out
function blocaﬁn{@é?%a(t)if_)q L{Siﬂ% tQic;snttec;hne%{o%{. Agplig?tio%of biotechnology is also possible.
70[0058%}% disclosure of fapanese patent pﬁlica i6n No'2007-053500, filed on March 2, 2007,
includinglthé specification, sdraivipgs daritcabstract tisiincorporated hesein:byrief¢renca dn itgentirety.
Industrial icability 25 The present. inyentjon,is suitable to a codin aratus that encodes
speech sf?r?gésll%r?dg gﬁdio%%%é grfd aociecgr}j\{lﬁag g;?&aét?%%ﬂé% %%c%%es@ﬁ%gg%n%&%%%iﬁ als. 12
CLAIMSniggrediding apparatus that models and encodes a frequency spectrum with a plurality of
fi w S, r rising: ... a shape guantizing.section that searches_for and
eﬁ%ﬂdei\(gg)%%?;ns%%g%%ﬁaﬁwgs?gfgﬁé ?xeé v(\:/z]l;l]{/élelfc][?rmprsEl t ahd a agi n Squ%{r}l%izli%} lstg%tigﬁ t S§tflesn‘"cod es
gains ofahe fise waveferitsy usiwbedsid] epont searohing forpgsitions gfihe dixed wavefeoms in
groups, ithe,3hapg auaglizing sectionseis amplifudes, of a fxed waveforyygroun-o seards fqr later, to
be equal to or lower than amplitudes of a fixed waveform group searched olit earlier,

Programmable Gate Array) or a reconfigurable processor where connections

and settings of circuit cells in an LSI can be reconfigured is aiso possible.

15 [0057] Further, if integrated circuit technology comes out to replace LS8Is
as a result of the advancement of semiconductor technology or a derivative
other technology, it is naturally also possible to carry out function block
integration using this technology. Application of biotechnology is also
possible.

20 [0058] The disclosure of Japanese Patent Application No.2007-053300.
filed on March 2, 2007, including the specification, drawings and abstract,

is incorporated herein by reference in its entirety.

Industrial Applicability
25 [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.



2. The coding apparatus according to claim 1, wherein the shape quantizing section searches for the
fixed waveforms by evaluating coding distortion by an ideal gain. 3. The coding apparatus according
to claim 1, wherein the shape quantizing section searches for the positions of the fixed waveforms
using a predetermined amplitude. 4. A coding mgthod of modeling and encoding a frequency

spectrﬂ\g% plurality of fixed waveforms, the method comprising: a shape quantizing step of

searching for and encoding positions and polarities of the fixed wavefoiiits; and a gain quantizing step
of encobing gdingdinherfiredwaheiords]s andwraedns agorysears g fompesifionglofihe fvfed

waveformsinerRmihe Auantigingisiep 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. ABBFRAGHIZING BrliAdHaE SH SfSoRh e 0 SER RRITIERAT 8Bt e iR ienebdifg

distortidrxatseamflared tedhe conventional technique and can obtain a preferable sound quality for
auditory sense,. J1} enecadi ' tization-unit (111). guantizes the shape of an
input spectrum \%v%é@sm%% %%%ﬁggﬁﬁgggﬁé%%%% !gfr? %% a?#i‘é’éy (%rgﬁfape guantization unit (111)
sets a pulse aiiiitide WRRIFTBrBERE Hpe g ieer Giohssarsh BrtREpusdpexition e spe not
greatergihani theprlaeamplivgsinidis which-hashrenseasehgdprevieyshAgainguantigation unit

(12) cplcyiics Again o ARYSS SERLIRYRL NG Shapg Aanizetion unt (111) for each of bands.

2. The coding apparatus according to claim 1, wherein the shape quantizing section

searches for the fixed waveforms by evaluating coding distortion by an ideal gain.

3. The coding apparatus according to claim 1, wherein the shape quantizing section

searches for the positions of the fixed waveforms using a predetermined amplitude.

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.



