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
10digital information such as speech and imageslfor efficient use of radio channel capacity and
storage media for radio waves, and many coding and decoding schemes have been developed so far.
[0003] Among these, the performance of speédhcrditgitethnology has been improved significantly by
the fundamental scheme of XGI I icti ~ which skillfully adopts
vector quantization by rﬁﬁjgﬁéﬁﬁe%&dgl\ﬁg%g &ﬁ%ﬁ%@ﬁmﬁgﬁ ?rz?g;rformance of sound
coding technology such as audio coding has been improved significantly by transform coding
techniquefe(gH%rPcaﬁ Iﬁﬁell—‘_és-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 vecfor havirg & siilar shapesto arvexcitationsSighead, which is ditiroe domait vectordseguienge, can
be decoded, jt is pessible to.produce a waveform similar tq.input speech through a synthesis filter, and
achieve 7%19%2)]8 %Oe?}%%ﬁtrb%ﬁ %ﬁ%ﬁit@%%ﬁlsst qnaumalﬁgt#v%uc%}aoraséé’él}igl% that has lead to the success of
the algebraic codebook used in CELP [0005] On the other hand, a scalable code, the standardization
of which i%i&@rg ress Q%IiTU-T (International Telecommunication Union Telecommunication
Standardizatiorr Sector) and others, is designed to 30 cover from the conventional speech band (300
Hz to 3.4 k#2) 1d witleband ilep oMk a), asithpits bitiratersat s hightasupio weprexithatedy 32 kbps.
Thatyig. a widehand epde N3s,1a even APRY 2. catan.deges.af adings-a auglio and dhergfare cannot
be supported by only conventional, low-bit-rate speech coding methods based on the human voice
model, sucha&snCELRp Nowy 17U Tsstandardrd: 429, 10 dedldred earsér a8 reconinteritationlidses an
audio cod (fé:c%qﬂilqg ggggmgsoggggsé%@’ﬂ %%q;@go{)oegnsc@qglspeech of wideband and above. 5 [0006]
Patent Document T discloses a scheme of encoding a frequency spectrum utilizing spectral
parameterd&fd pitch pearameterse whbreeairordgonal framsform aridcoging otacsigaal Aeguired by
inverse-filiering 2,5pe6ch Signal Ak periormed hased.pn shediral Parameters cand fyrihermole
discloses, as an example of coding, a coding method based on codebooks of

13 Excited Linear Prediction},” which skillfully adopts vector quantization by

modeling the vocal tract system of speech. Further, the performance of
sound coding technology such as audio coding has been improved
significantiv by transform coding technigues (such as MPEG-standard ACC
and MP3).

20 [00604] 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 1s a time
domain vector sequence, can be decoded, it is possible to produce a

waveform similar te input speech through a synthesis filter, and achieve

[
h

good perceptual quality. This is the qualitative characteristic that has
lead to the success of the algebraic codebook used in CELP.

[0005}7  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

7S]
o

cover from the conventional speech band (300 Hz to 3.4 kHz) to wideband
{up to 7 kHz), with its bit rate sel as high as up to approximately 32 kbps.
That 1s, a wideband codec has to even apply a certain degree of coding to

audie and therefore cannot be supported by only conventional, low-bit-rate



10algebraic structures Patent Document 1: Japanese Patent Application Laid-Open No.HEI10- 260698
Disclosure of Invention Problems to be Solved by the Invention [0007]However, in a conventional
scheme of encoding a frequency spectrum, limitgd bit information is allocated to pulse position
information. On the other hand, this limited bit information is not allocated to amplitude information of
the pulses, and the amplitudes of all the pulses are fixed. 20 Consequently. coding distortion remains.

[0008]It iERAEFSTOFE GiTEhbjEct BPthe Prasehtiivéitioh Whirbvide ccadircapparaius andEbding
method that.can teducesayerage cading distortion.cemnargddo acanventenalkschems,and achieve

good perceptual sound quality in a scheme of encoding a frequency spectrum. -)C Means for Solving
the ProbRfn {0009 THRAE6dirRAPParatius B tHE presehtdavertion that fodels afe eRcsdés al
frequency,spesirym with aplurality of fixed waveforms, employs a configuration having: a shape
quantizing section that searches for and 30 encodes positions and polarities of the fixed waveforms;
and a gai§l&ntizihgisactibtPthaPéncodes GHinds6rthe fitdd Wavefortis aid i Whith 2upsa searching

for the pasitiens,of the fixed, waveforms, the-shape auantizing sectipn,sets an amplitudeaf a fixed
waveform to search for later, to be equal to or lower than an amplitude of a fixed waveform searched
out earlie? [HOLOT e TG Fiethsd SFAALTSresedt vdRtotrernisdelg angrse-Tiltering a

speech signal are performed based on spectral parameters, and furthermore

discloses. as an example of coding, a coding method based on codebooks of
10 algebraic structures.

Patent Document 1: Japanese Patent Application Laid-Open No.HEI1(-

260698

Disclosure of Invention
15 Problems te be Solved by the Invention
j0007]  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 information is not allocated to amplitude
information of the pulses, and the amplitudes of all the pulses are fixed.
20 Conseguentiv. coding distortion remains.
[0008] It is therefore an object of the present invention to provide a
coding apparatus and coding method that can reduce average coding
distortion compared to a conventional scheme and achieve good perceptual

sound guality in a scheme of encoding a frequency spectrum.

[
[

Means for Solving the Problem

[0009] The coding apparatus of the present invention that models and

encodes a frequency spectrum with a plurality of fixed waveforms. emplovs

a configuration having: a shape gquantizing section that searches for and
30 encodes positions and polarities of the fixed waveforms; and a gain

guantizing seciion that encodes gains of the fixed waveforms, and in

which, upon searching for the positions of the fixed waveforms, the shape

quantizing section sets an amplitude of a fixed waveform to search for



encoding a frequency spectrum with a plurality of fixed waveforms, includes: 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, and in which" upon searching for the positions of the
fixed waveforms, the shape quantizing step comprises setting, an amplitude of a fixed waveform to
search for later, to be equal to 10 or lower than an amplitude of a fixed waveform searched out earlier.
Advantagébtls Effects of Wntion f601 SFACCAtity f5'th@ pResett invention? il schsiie BBncoding
a frequengy: speetrum;t ya saiting the amplitude of a pulse to search for later, 15to be equal to or lower
than the amplitude gof a pulse searched out earlier, is possible to reduce average coding distortion
compareéqg)]adionv@hﬁoﬁgl Serfe ?j‘%rf} ide" figh quaity sourdaiftinPdvehan @idw Hitate. Brief
Descriptien &f Driawvingsf 1[04 2} FihE ds-a block diageamsshewing ther canfigdration efarspeech
coding apparatus according to an embodiment of the present inyention; FIG.11 is a block
diagram éﬂBW#ﬁsthéqc%ﬁ@ﬁrﬂﬁ@ﬁlgfzg%egéﬁﬁ JecodimtFapparats %Eéofd?ﬁ(j’ to'Hh BMmbiotiMment of the
presentinygatiay; i25i £43.3d$ aHewehast showingdhe searchialgorithim of ashapenguantizing,fsection
according_to an .embodiment of the present inv%ntion; and . . 8Y‘TIB‘A is a spectrum example
representetF by Hissd 16 sddrdh fof By & SHARE GUAH XS ARISHAE orcHig fo SFRRRIEGHMERt of. the
present 3QiBveption o dsspeeth sfgnaliissaftert sepresentedshy mn exeitatiomandsynthesis filte, If a
vector havirlg.a similar shap%e&to a exitat?n_ Tsi%nz?l, which is a tinge domain vector sequence, can be
decoded, 5t 15 PEsEIET protiticd & vAVEFSr Sinilar B inpitdpe8chlthrdigh o SyRth&SikHiltst, and
achieve 5gooshperceéptualigualiplThisisthe dualitativecifaragterdstic that bas leaditerthe success of
the algebraic codebook used in CELP. [0014]On the other hand, in the case of frequency spectrum
(vector) '
Advantageous Effects of Invention

{0011} According te the present invention, in a scheme of encoding &
frequency spectirum. by setting the amplitude of a pulse to search for later,
15 to be egual to or lower than the amplitude of a pulse searched out earlier, 1t
1s possible to reduce average coding distortion compared to & conventional

scheme and provide high guality sound quality even in a low bit rate.

Brief Description of Drawings
20 [00G12]
FIG.1 1s a block diagram showing the configuration of a speech
coding apparatus according to an embodiment of the present invention:
FIG.2 is a block diagram showing the configuration of a speech

decoding apparatus according to an embodiment of the présent invention;

2
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FIG.3 i1s a flowchart shewing the search algorithm of a shape
quantizing section according to an embodiment of the present invention:
and

FIG.4 is a spectrum example represented by pulses to search for by
a shape quantizing section according to an embodiment of the present

30 invention.

Best Mode for Carrving GOut the Invention

[0013] In speech signal coding based on the CELP scheme and others. a



coding, a synthesis filter has spectral gains as its components, and therefore the distortion of the
frequencies (i.e. positions) of components of 10 large power is more significant than the distortion of
these gains. That is, by searching for positions oi high energy and decoding the pulses at the positions
of high energy, rather than decoding a vector having a similar shape to an input spectrum, it is more
likely to achieve good perceptual quality. [0015]Therefore, frequency spectrum coding employs a
model ofs®sesding arfrdciienElEBy T8 RIAAATHEMEY @p@l&éé%ﬁd’%rﬁﬁl%ﬁ’ﬁ%%ﬁ%cﬂﬁ‘ gkarching for
pulses in.an open 190 i the frequgney dntgrval of the cading target; (00161 The present inugators
focus on the point that, sifice pulses are 20 selected in order from pulses that reduce distortion, a
pulse to §eaEhToratePhas WL Cexpédtativn WiGed&d attived RAhE pleséht iRVRANGA. Fhat is, a
feature ofthe-prasent inveation lies in setfingthe @mplitideofa,pulse;to sgarch for daterste be equal to
or lower than the amplitude of a pulse searched out earlier. [0017] An embodiment of the present
inveritiondAMbe e xpriiBAa bABR Liging th dcdsmiahyfitpdrstings. J00LETEIE 3118 alBRickdiagram
showing the copfigiration. of therspeechLoding.apparalys Racording totheppresent embodiment. The
speech coding apparatus shown in FIG.1 is provided with LPC analyzing section 101, LPC 30
quantizing’8ection 102, théere fike284; orthddénat tinsPormhT SEATH 104 PESETH T ¢Sty section
105 and mudtiplexing sagtion:106.$pestrupcoding saetiono1hds provided with shapgrguantizing
sectionand gain quantizing section 112. [0019]LPC analyzing section 101 performs a linear prediction
analysis bf &if it Specti SIgHAraAd thitplis WSHLFal entielBBE bt afetdr (6 PPE Hfiitiding
section 102 as an aralysisyesultLRCauantizing.segtion 1:92perfermshguantization proeessing of the
spectral envelope parameter (LPC; 5 Linear Prediction Coefficient) oytputted from LPC analyzing
cection 101, AREFGts 4 GO TETBSERUNG e GISARIATOH LPES18 Ml exHY Seooh 156,
Further, LRG guatizingisectiom:o2 ouipuiscdecoded parameiers acquied bydegodingithel gode
representing the quantized LPC, to inverse filter 103. H(—i:}rﬁ,etlgg {)arameter quanti&ation ma%(ug[nploy

vector Shape to an inputl spectrum, it 18 more o achieve good percep
quality.
15 [0015] Therefore, frequency spectrum coding employs a model of

encoding a frequency by & small number of pulses and employs a method of
searching for pulses in an open loop in the frequency interval of the coding
target.
[0016] The present inventors focus on the point that, since pulses are
20 selected in order from pulses that reduce distortion, a pulse to search for
later has a lower expectation value, and arrived at the present invention.
That is, a feature of the present invention lies in seiting the amplitude of a
pulse to search for later, to be equal to or lower than the amplitude of a

pulse searched out earlier.
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[0017] An embodiment of the present invention will be explained below
using the accompanying drawings.

00187 TFIG.1 is a block diagram showing the configuration of the speech
coding apparatus according to the present embodiment. The speech coding

apparatus shown in FIG.1 is provided with LPC analyzing section 101, LPC

(5]
<

gquantizing section 102, inverse filter 103, orthogonal transform section
104, spectrum coding section 1035 and multiplexing section 106. Spectrum
coding section 1035 is provided with shape quantizing section 111 and gain

L . .
quantizing section 112,



10 quantization ("VQ"), prediction quantization, multi-stage VQ, split VQ and other modes.
[0020]Inverse filter 103 inverse-filters input speech using the decoded parameters and outputs the
resulting residual component to orthogonal transform section 104. 15[0021]Orthogonal transform
section 104 applies a match window, such as sine window, to the residual component, performs an
orthogonal transform using MDCT, and outputs a spectrum transformed into a frequency domain
spectruni {ierdinaftel Gnput SpecteufTy e s pdbriver E8EME 8eldiisH 105¢ Figrd Othe bRhGYsridl
transform may employ. ether20-{ransiprms sHehas the £hTs KL and Wavyslet iransform, apg,

although their usage varies, it is possible to transform the residual component into an input spectrum
using anyt B tHese §0022]Hete! te BTde? SFEtOLESsIFRS Between ihversemite o3 &hd dfthidgonal
transform, segtion 404, May LR reversede Tatds, by Hividing. 25 jnput, speseh-subiected toyan .

orthogonal transform by the frequency spectrum of an inverse filter (i.e. subtraction in logarithmic axis),
it is possibl8 §6 ProtRAEE thesdme hputde cirti 10b23) Stttrinn ‘cotfirid Sect i 105 Aivides the input
spectrum;y quaniizing theshape apekgain: pf thespegtium: separately rand eutpris ther3Qikesulting
guantization codes to multiplexing section 106. Shape quantizing section 111 quantizes the shape of

the input §Feéfttim Usthg a SHAITRImberF 6f plisepositidns Hfd ddaritiés, dHH Bai qdastisRg section
112 calcylatesand quantizesdhergainscefthe.pulses searchedQutby-shape H.quantizing section 111,
on a per hand basis.Shape quantizing section 111 and gain quantizing section 112 will be described
later in défal P [OOZAINIUDIEXing settidr -1 b rOEERBE SehifPirH ode Yo prése it he §asHtization
LPG fromyuR&: gpantizing segtion 1:Q2 anden cededepresenting bl theguantized #pput speciivim from
spectrum coding section 105, multiplexes these information and outputs the result to the transmission
channel &5 &6dify’ hfdrmation. [0025]FIG.2 is a block diagram showing the configuration of the speech

[00207 Inverse filter 103 inverse-filters input speech using the decoded
parameters and outputs the resulting residval component to orthogonal
transform section 104.

15 [0021] Orthogonal transform section 104 applies a match window, such as
a sine window, to the residual component., performs an orthegonal
transform using MDCT, and outputs a spectrum transformed into a
frequency domain spectrum {(hereinafter “input spectrum™), to spectrum
coding section 105. Here, the orthogonal transform may employ other

20 transforms such as the FFT. KLT and Wavelet transform. and, although
their usage varies, it is possible to transform the residual component into
an input spectrum using any of these.

(00227  Here, the order of processing between inverse filter 103 and

orthogonal transform section 104 may be reversed. That is, by dividing

b2
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input speech subjected to an orthogonal transform by the f{requency
spectrum of an inverse filter (i.e. subtraction in logarithmic axis), it 1s
possible to produce the same input spectrum.

[0G23] Spectrum coding section 105 divides the inpui spectrum by
guantizing the shape and gain of the spectrum separately, and outputs the
30 resulting quantization codes to multiplexing section 106. Shape
guantizing section 111 guantizes the shape of the input spectrum using a
small number of pulse positions and polarities, and gain gquantizing section

112 calculates and quantizes the gains of the pulses searched out by shape



decoding apparatus according to the present embodiment.The speech 10 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.?,
coding information is dernultiplexed into individual codes in demultiplexing section 201.The code
representing the quantized 15LPC is outputted to parameter decoding section 202, and the code of the
input spetiitihi i BEtpEEEE ¥o %béct?@n?dé%@iﬁ@czé&ﬁiﬁ-20§f[9927‘]1|§§%¥?é€é$ d&édtiifg 'settion 202

decodes fhe spegtial ehvelope pasamatariand, outpitsithe resulting decededparameter to synthesis
filter 205. 20 [0028] Spectrum decoding section 203 decodes the shape vector and gain by the method

supportind #7e Codity Hidthod respeetram ¢88in§ $ettivh 493 ShbA FOEIG! 4P Hfuliél & dicoded
spectrum, by Mutiplyng the decodedishapg.vacionhy dhe degoded gain. and outputsdhedacpded

spectrum to orthogonal transform section 204. 25[0()29]Orthogonal transform section 204 performs an
inverse tiRsfof St thE deddtl spictititdutplted froth SpEHIm BeEOHg 888208 Cbmpared

to orthogenak transform sectiomFe4:shown in G ok @id PUpLts the Fesltinge timenseries dacoded
residual signal to synthesis filter 205. [0030]Synthesis filter 205 produces output speech by applying
synthesi$ BORREHNY totHE detdbRTT25iAtal signal outputted from orthogonal transform section 204

using the; decaded parameter;oytputied fiom: parameien degodingshetion 202. 00814 Heke:dp reverse

the order of processing between inverse filter 103, 7 and orthogonal transform section 104 shown in
FIG. 1, tHEF§PERER dBRBARTY ‘ésbp%\?éiﬁfé?ﬁ? EIGD Mtidlies te d%%%féﬁglgb%%}rumﬁlyea ﬁ%ﬁfﬁ!}hcy

spectrumiefihe; deceged:-parametet(.e naddition in the logarithmictaxis)and: perionms et arihogonal

transform_of the resulting spectrum. [0032] Next, shape quantizing section, 111 and gain tizing
section 139 il 1 BXaried ht HBEIE [O0S31SHApe quantAing S8etdr 114 darches ft the position

and 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

15 LPC is outputted to parameter decoding section 202, and the code of the
input spectrum is outputted to spectrum decoding section 203.
[0027]1 Parameter decoding section 202 decodes the spectral envelope
parameter and outputs the resulting decoded parameter fo synthesis filter
205.

20 {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.1, acguires a decoded spectrum by multiplving the
decoded shape vector by the decoded gain, and outputs the decoded

spectrum to orthogonal transform section 204.

2
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[0029] Orthogonal transform section 204 performs an inverse transform
of the decoded spectrum outputted from spectrum decoding section 203
compared to orthogonal transform section 104 shown in FIG.1, and outputs
the resulting, time-series decoded residual signal to synthesis filter 203,
r0030] Synthesis fitter 205 produces output speech by applying synthesis
30 filtering to the decoded residual signal outputted from orthogonal
transform section 204 wusing the decoded parameter outputted from
parameter decoding section 202.

[0031] Here. to reverse the order of processing between inverse filter 103



polarity (NI-) of a pulse on a one by one basis over an entirety of a predetermined search interval.
10[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, S is the delta function,
p represents the pulse position, 'yb represents the pulse amplitude, and b represents the pulse
number.Shape quantizinlﬁ; section 111 sets the amplitude of a pulse 15to search for later, to be equal

t

to or lowérthar the smphtutrnsf aTpuIse SearcHdd oth eaier FH35] EisntReftich: 2bid\e, the

pulse posifian te; minimize:; e cogh AQ; fungliopyis the.pegition inpwhichtheabsalute value,skl of the
input spectrum in each band is maximum, and its polarity is the polarity of the value of the input

spectrumsPARIE Wt pdkttichs of il RASRTO0S6] Ackordiny tthe PréBantesabudiment 2t )

amplitude, of a,puise 10 sgargh for ds determined inadyancekased on the seargh order of pulses. The
pulse_amplitude is set according to, for example, the following steps. (I) First, the amplitudes of all

pulses ard’$et’d "10X Furthép “nd 15e8ét 160" CalPihitlal VaRRd(2§ By} rdddding thé atipiitide of the
n-th pulse little by ligtleand gncading/decading learning data, the value in which the performance (such
as /N ratio and SD 30 (Spectrum Distance)) is peak. In this case, assume that the amplitudes of the
(n+1)-th dPfader pulseidre I3 8AMEAE thet Of e it pufkERESPAR afflitiBEs With!thehedf
performa@@@g@ﬁ@yﬁ di-and Nz nplhheldsf4):Thee by one basis cver an entirety of a

predetermined search interval.

10 [0034] Following eguation 1 provides a reference for search. Hereg, in
eguation 1, E represents the coding distortion, s, represents the input
spectrum, g represents the ideal gain, ¢ is the delta function, p represents
the pulse position, v, represents the puise amplitude, and b represents the

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

—
LN

to search for later. to be egual to or lower than the amplitude of a pulse

searched out earlier.

1]

E :Z {5 #Z g;/bc?(impgy)}z ...(Equation 1)
i b

[0G35] From equation 1 above, the pulse position to minimize the cost
20 function is the position in which the absolute value |s, of the input

spectrum in cach band is maximum, and its polarity is the polarity of the

value of the input spectrum value at the position of that pulse.

[0036] According to the present embodiment, the amplitude of a pulse to

search for is determined in advance based on the search order of puises.

D
LA

The pulse amplitude is set according 1o, for exampie, the following steps.
(1) First. the amplitudes of all pulses are set to “1.0.7

Further. “n” is set te "27 as an initial value. {2) By reducing the
ampiitude of the n-th pulse little by little and encoding/decoding learning

data, the value in which the performance (such as S/N ratie and SD

[
o

{(Spectrum Distance)) is peak. In this case, assume that the amplitudes of
the {n+1)-th or later 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



8 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 5 with five pu%es. In this example, six hits 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 1A 24Athis exaindite WillBe shdwn B FIGBIAENE, Uid idyinbblRUsEd A Hhe 10fBWeRatt of FIG.3
stand for.the. following contents. c:pulse position pos[h]:search result (position) pol[b]:search result

(polarity) s[i]jnput spectrum 15x:numerator term y:denominator term dn_mx:maximum numerator term
co:mxmabditing deNdmFaLBPleT TR it ntiMErBtoLfePhf Safc N6 Et dHiIiBE 2Dt dirfdtd term

searched out earlier H:pulse number YRl -use1 aMPIUdB i s) and the spectrum is encoded

with five pulses. In this example, six bits are required to show the pulse

LA

position (entries of positions: 16} and one bit is required to show a polarity
(+/-}, reguiring thirty-five bits information bits in total.

(00381 The flow of the search algorithm of shape guantizing section 111
in this example will be shown in FIG.3. Here, the symbols used in the

10 flowchart of FIG.3 stand for the fellowing contents.

c pulse position

pos[b]: search result {position)

polibl: search result (polarity)

slij: input spectrum
15 X! numerator ferm

Vi denominator term

dn_mx: maximum numerator term

ceimx maximum denominator term

dn: numerator term searched out earlier
20 ce: depominator term searched out earlier

b: puise number

vibl: pulse amplitude

f0039] FIG.3 illustrates the algorithm of searching for the position of the

highest energy and ralsing a pulse in the position at first, and then

-2
Th

searching for a next pulse not to raise two pulses in the same position {see
“** mark in FIG.3). Here, in the algorithm of FIG.3, denominator “y”~
depends on onlv number “b.” and. consequently, by calculating this value
in advance, it is possible to simplify the algorithm of FIG.3.

(00401 An example of a spectrum represented by the pulses searched out
30 by shape quantizing section 111 will be shown in FIG.4. Here, FIG. 4
illustrates a case where pulses P1 to PS5 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 egual to or lower than the amplitude searched out



[0039]F.16.3 illustrates the algorithm of searching for the position of the highest energy and raising a
pulse in the position at first, and then 25searching for a next pulse not to raise two pulses in the same
position (see  mark in FIG.3). Here, in the algogithm of FIG.3, denominator "y" depends on only
number "b," and, consequently, by calculating this value in advance, it is possible to simplify the
algorithm of F1G.3. [0040] An example of a spectrum represented by the pulses searched out 30 by
shape quantiitg sectior T WHFSE SHORMLTEEI6% SHETEN PO A fudtFafed™d Rase WREREPGRes PI to

PS5 are sgatchedfor in ordes.As shown in FIG4, theipresent embediment satsdbeaampliudecof a
pulse to search for later, to be equal to or lower than the amplitude searched out 9 earlier. The
amplitudE3 6FBASER P Salch oIS AT FHAIfER I AUTERcE BasEd! drthies SR ErcH diefer of e pulses,

so that it is, BegessanLienyse infarmation: bits fayirepresenting amplitudesand:i ds pessible; to:make
the overall amount of information bits the same as in the case of fixing amplitudes [0041]Gain
quan?izin@“%@c’tft‘b‘t‘i1 432 analyzes the correlation between a decoded pulse sequence and an input

spectrum,cand calcglates an-deal gainsideabgain 1'g- iscalucaliechby following eguation 2eete, in
equation 2. s(i) represents the input spectrum, and v(i) represents a vgctor 10 acquired b}/dgg?oding

the Shapé.e‘fﬁdgé )pcéaaaﬁgﬂ%qﬂé )@9@) an input spectirum, and calculates an
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
10 acguired by decoding the shape.

[2]
2. s(Dyx (i)

I . .
o —ixm...(hquatzon 23
i,
[0042] Further gain quantizing section 112 calculates the idel gains and
then performs coding by scalar quantization (SQ) or vector guantization.
15  In the case of perferming vector guantization, it is possible to perform
efficient coding by prediction gquantization, multi-stage VQ, split VQ. and
so on. Here, gain can be heard perceptually based on a logarithmic scale,
and, conseguently, by performing SQ or VQ after performing logarithm
transform of gain, it is possible to produce perceptually good synthesis
20 sound.
[0043] Thus, according to the present embodiment, in a scheme of
encoding a freguencv 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

2
N

compared to a conventional scheme and 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 searching the groups in an open manner, it is possible
to improve the performance. For example, when total eight pulses are
30 grouped into five pulses and three pulses, five pulses are searched for and

fixed first, and then the rest of three pulses are searched for, the



[0042] Further gain quantizing section 112 calculates the idel gains and then performs coding by
scalar quantization (SQ) or vector quantization. 15 In the case of performing vector quantization, it is
possible to perform efficient coding by predictior}ﬁuantization, multi-stage VQ, split VQ, and 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

synthesig¢ P0datie J0048] THUS, déébitingits the present embodifient! in aséhente of ehtoding a
frequency.speqtium,. by setling fhe amplitude.of g-pulse tq seargh, fx fater to e equal to,gr lawer than

the amplitude of a pulse searched out earlier, it is possible to reduce average coding distortion 115
comparet®y alkohveritibial sthdmed’and Achieve §dod h&iné%@:élﬁﬁé@énfhﬁth@n&séuéfﬁé l6W bit rate.
[0044] Fupther, By RRRIYIRG theRresant invention do@ gase qf grouping piise@mpliidesand searching

the groups in an open manner, it is possible to improve the per ormance.For example, when total eight
pulses ard SORFHLNEE IASfive BLISE8 Al thréd Plsds Sive puldds ars Sesrched Yorranddixed first,
and then:thejrest of three pulses are searched for, the 10 amplitudes of the latter three pulses are

equally reduced.lt is experimentally proven that, by setting the amplitudes of five pulses searched for
first to [1.0, 1089, 140, £6j'aRd SétfingitHe Hinblifudds bFthrde piises SBaTBREd ot 1At6Ftd{0.8, 0.8,

0.8]. it is possible:imRIQYEslication of the amplitudes are not necessary, thereby
suppressing the amount of calculations.

10 [0043] Further, although a case has been described above with the present
embodiment where gain coding i1s 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

15 above embodiment where the length of a spectrum is sixty-four and the
number of pulses 1s 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 possible to employ a method of performing gain

20 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, dn=dn_mx and ce=cc_mx are not
performed. it is possible to raise a plurality of pulses in the same position.

However, if a plurality of pulses occur in the same position, their

o]
Iy

amplitudes may increase, and therefore it is necessary to check the number
of pulses in each position and calculate the denominator term accurately.

[0048] Further, although coding by pulses is performed for 2 spectrum
subiected to arn orthogonal transform in the present embodiment. the

i

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

14
fa

vectors. For example, the present invention may be applied to complex
aumber vectors in the FFT or complex DCT, and may be applied to a time
domain vector seguence in the Wavelet {ransform or the like. Further, the

resent invention is also applicable ic a time domain vector seguence such
q



5 the performance compared to a case of setting the pulses of all pulses to Further, by setting the

amplitudes of five pulses searched for first to "1.0," the multiplication of the amplitudes are not

necessary, thereby suppressing the amount of galculations. 10 [0045] Further, although a case has

been described above with the present embodiment where gain coding is performed after shape

coding, the present invention ¢an provide the same pe{formance if sha\%e coding is %%rg)é d after
[ e

gain coditig JO64EEURHER ARG &h eXdmple cade! AAsBiEd HEYErBEd With THe
embodimentwhgee thedength iof aspeictedm ismsixtyHfoty fand the aomben of fulses:ds fivesupan
quantizing the shape of the specfrum, the present invention does not depend on the abovF numerical
values amtPEHR provide the Bame Eiects\Withed éf“?]ﬁﬁ?&i&%l?/%}u%%f% X &ﬁtﬁelﬁﬁ? niay'be
possible @ esmplpyi 8 spethad of perfoening gain 20cndingionta pefdvand kasisahddhescnorimalizing

the spectrum by decoded gains, gn,d perforrré'!n% shape %ggin of the present inyentgor_\ For example, if
the procdSsifg &P sfsoSIPIE0Tanedr A HNE BBEEE . mx are Aot Taffotrted: itig possibie (o faise a
plurality @fplses:in the samexpasition. keweveroif atplurdlityeoftpulses oeceur ire thersame: position,
their 25 amplitudes may increase, and therefore it is necessary to check the number of pulses in each
position SAUCEHRURES the denominator term accurately. [0048] Further, although coding by pulses is
performettips @ speairyhe subjected toanothogonal dransforem incthe present 'emipodimer; the
present invention is not limited to this, and is alsp applicable to other 30 vectors, For example, the
brosent niorioRThay B Bppifbc 1§ KsmIaR PUBOT Ghctors 1 (e LT 0 comblex T thett may be
applied tg@ tisme: dlomaiar vécter sequerfoe insthe Waveletdransfouds or theslike.cFurther, thiegresent
invention is also afplicablﬁ to a fime domain, vector sequence such 11 as;excitation wavefgrms of
CELP. AS'7oF ex8itatl SN Waverdims in CELP, & syrithesis filter is involved, and therefore a cost function
involves amateix catculatipn.ddene;ithe perforhance iscaotisufficientdly ecséearch in an open loop when
a filter is involved, apd therefore a close loop search 5 needs to be perfor in sqme degree. When
there aremgﬁ\@ ulzgg;r %i%éffeaeéﬁ}\]/gutﬁ?hsé acgesgm%s%%rgheélrlthcgﬁh(%“{té\'r%%%ﬁhg@ﬁ u%t%ft
calculations. {00 48]churtivére acadreling docthe present nventionrdiwadvefolitioSedlch forcisenadt limited
fo a puise (impulse). and s equally, passible o seath 10 for even ifier fier waveforms (stich as
dual pulse, nang?e wave, finité Wave of impulse response,\fl ter coefficient and fixed waveforms that
change tHé 8hape ddaptinely ) ahd pfodacepthecsame effedtuf0050)Farther dafthougra ¢aselttas been
described with the preset embodiment.whe P [ lan:is.applied: to P - present
Sentidh ot e (Mo b & Rcve e bmer codsca T BT PIERI A UG BrE

to employ a configuration in which the present invention is applied to an

LPC prediction residual signal instead of an input signal.

20 [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 & mobile communication system, so that it is
possible to provide a communication terminal apparatus, base station

apparatus and mobile communication system having the same operational

-]
ehn

effect as above.

[0053] Althouch 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 invention 1n &
30 programming language, storing this program in a memory and making the
information processing section execute this program, it is possibie to
implement the same function as the coding apparatus according to the

present invention.



[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 employ a configuration in which the present invention is
applied to an LPC prediction residual signal inst?gd of an input signal. 20 [0052] The coding apparatus
and decoding apparatus according to the presentinvention can be mounted on a communication
terminal apparatus and base station apparatus in a mobile communication system; so that it is
possible 8 prdvidelaicbhaiiunicaticn it Appaizioskbaserdtith appdratds awd ibbileo
communication-3ystem,havingdhe same opesational effeqt as abpye, 100931 Allhougha case has been

described with the above embodiment as an example where the present invention is implemented with
hardware? the Pre<ahtirivéaohscan PBIRSSRIAGretFWith softhare. 8y dxanipley bYlddseRibntg the

algorithmeacgording {o the present inventian ina 3Q Rregrapaniing language, storing this program in a
memory and making the information processing section execute this program, it is possible to

implement'the damelfiriction a& oid ©bdirg apparattiscadesidintito the présertdniention. 1f0054]

Furthermege seagch function hlack employed in the depariptian pf gach.ottheaforementioned
embodiments may typically he implemented as an LS1 constituted by an integrated circuit. These may

be individtal BFHiSS B Partially or totally contained on a single chip. [0055]"LSI" is adopted here but this
may also g referred o Rs, 1Gn's'systam £ S)f" csupeliLSlisor auita LS hdepending on differing extents
of integration. [0056]Further, the method of circuit in,tgagrati_o_n is_ not Iimited to LS1's, z_and ‘
implemerftAflo AT ABHIEANEY EidHuTSH Gattal PirhdsE Sroésdsoid IOPA1SH PoesHi&After LSI
manufactuyre; ulilizationief an FREA-(Figld Rregranmakle GateiAayoha regonfigurable: prpgessor
where connections and settings of circuit cells in an |_SI c%? be reconfigured is also possihle. [0057]

Further, if iM&g PR T Eult iEhATIBYY o< BUt 16 repiadd 1 88 35" ate U T tie ABG4HEEMent of
semicondugctor éechnalagy g aukbdesivative-othies teehnalegy: #ds Naturallyi alsospossibleio-carry out
function block jntegration using this technology.Application of bjotechnology is also pos_sibg?.ﬁ
[0058]Th Q]E?QC suré bitiSpantse PRt KEplfafioh NO“S067.653506° ™ SHiledSn MarchP22 9907,

including thel spegification,drawings angdaksteact 20is dicerpaiateshrrain by calesenge initsentirety.

md ystrial Applicability [%DSQ]The present invention is suitable to a codin paratus that encodes
speéch sigh&E&hdaud

Yignafs ARt 4 Yecddily dFPAYAtS tiatss BEEOHES thise@HEsded Signals.
function block integration using this technology. Application of
biotechnology is also possible. _
(00587 The disclosure of Japanese Patent Application No0.2007-033500,
filed on March 2, 2007, including the specification. drawings and abstract,

20 is incorporated herein by reference in its entirety.

Industrial Applicability
[0039] The present invention is suitable to a coding apparatus that

encodes speech signals and audio signals, and a decoding apparatus that

2
Lh

decodes these encoded signals.



13 CLAIMS 1. A coding apparatus that quantizes and encodes a frequency spectrum of 5 a
transformed residual component resulting from a speech signal coding, with a shape vector which
includes a plurality of pulses and a gain vector, the apparatus comprising: a shape quantizer that
performs 1st pulse search to determine positions aAd signs of a plurality of 1st pulses of which
amplitudes are 1.0, and, after the 101st pulse search, performs 2nd pulse search to determine
positions aﬁ?&ﬁi&%gof a plurality of 2nd pulses of which amplitudes are 0.8, and encodes positions and
signs of the 1st pulses and the 2nd pulses; and a gain quantizer that encodes the gain vector
based on the 1st pulges, 12,200, Bulses and J1e.ToauenGY SPRGULTIAS. 2, T coding apparatus
according to claim I, where apﬁ)uantlty of the 1st puTses is 5, and a quantity of the 2nd pulses is less
than thé quafitityséthe d s¢ pdistdsc o1 n3nThes el theg Bppdranss decordmg e élaint thveherein the
shape quantizgr RedMsHthe 15t RYlse Spareh and 2pgh pilse seareh-unpgdas theneondition that the 5
plurality of 1st pulses and the plurality of 2nd pulses do not occur in the same position. 4. A coding
method of GHBAZ M AP ERESEing a frequency spectrum of a transformed residual component
resulting from a speech signal cadiag ; with er 1€ shape yetiorswhidh incdedes a plisality of pulses and
a gain vectgr, the method comprising; ., ., &3hare qupRtizing Step of perorming 4t ppise search to
determine positlo%s and signs oF a pIuraIiItJy of 1st pu‘i’ses of which amplitudes aré 1.0, and, after the 1st
pulse $8arch! parior s e pedserseaten 10 tetepiink Posiieriiapd 15 Sijrisiara plubatity of 2nd

pulses of whigh, ampditudesAre O 8.rant encedinguresitions and sghs 0fthe, dsidsesand the 2nd

pulses; and a gain quantizing step of encoding the gain vector based on the 1st pulses, the 2nd
pulses and St‘r%?r%&f??e%;ﬁs%@éﬁﬁﬁ?d the zn‘PPug’eg and

a gain guantizer that encodes the gain vector based on the lst pulses,
“the 2nd pulses and the frequency spectrum.
15
2. The coding apparatus according to claim 1, wherein a quantity of the
1st pulses is 5, and a quantity of the 2nd pulses is less than the guantity of the

ist pulses.



205.The coding method according to claim 4, wherein a quantity of the 1st pulses is 5, and a quantity
of the 2nd pulses is less than the quantity of the 1st pulses 6.The coding method according to claim 4,
wherein in the shape 25 quantizing step, the 1st pulse search and 2nd pulse search are performed
under the condition that the plurality of 1st pulses;and the plurality of 2nd pulses do not occur in the
same position. 14 ENCODING DEVICE AND ENCODING METHOD ABSTRACT 5Provided is an
encoding device which can reduce the encoding distortion as compared to the conventional technique
and can obtain a prefesahleisQuid sraalityforcaudiory serise .l Intherencading devipeynaiskape

guantization unit (111) quantizes the shape n_input spectrum. with a small number of pulse
ositions st T e e L1 e D e e o be
searchéd latbrrapon sehsth of tieaplilSecpdsitidit 100l Yadupvhstsgteater tatthe Pulsemmplitude width
which has heen;sgarched previously. A gain quantization unit (112) calculates a gain of a pulse
searched by the shape quantization unit (111) for each of bands. 15Figure 1

4. A coding method of quantizing and encoding a frequency spectrum of a
transformed residual component resulting from a speech signal coding, with a

10  shape vector which includes a plurality of pulses and a gain vector, the method
comprising:

a shape quantizing step of performing 1st pulse search to determine
positions and signs of a plurality of 1st pulses of which amplitudes are 1.0, and,
after the Ist pulse search, performs 2nd pulse search to determine positions and

15 signs of a plurality of 2nd pulses of which amplitudes are 0.8, and encoding
positions and signs of the 1st pulses and the 2nd pulses; and

a gain quantizing step of encoding the gain vector based on the ¥

pulses, the 2nd pulses and the frequency spectrum.

20 5. The coding method according to claim 4, wherein a quantity of the Ist
pulses is 5, and a quantity of the 2nd pulses is less than the quantity of the 1st

pulses.

6. The coding method according to claim 4, wherein in the shape
25 gquantizing step, the 1st pulse search and 2nd pulse search are performed under
the condition that the plurality of 1st pulses and the plurality of 2nd pulses do

not occur in the same position.



