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 schem%ﬁfg"gﬁl.@ g:%dée\;l.?c Xg‘iﬁﬁe% L@g@@ﬁ%%%m ggg%gﬁ skillfully adopts

vector quantization by modeling the vocal tract system of speec € performance of sound
coding technology such as audio coding has been improved significantly by transform coding
techniquefégﬂch as tlﬁFéll—‘_és-standard ACC and MP3). 20 [0004] In speech signal coding based on the

CELP schenié ant Iers, 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 %Iilﬁﬁlt?/ eigy}vsst 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.

Thatis, a widghanepdac 1as [ evenApRl. A ceraindearee f qadingsda aulioand therglgre cannot
be supported by only conventional, low-bit-rate speech coding methods based on the human voice
model, such@snCELPpNowy 17Ul TsétandardiG: 129, 10 deelared earser a91d revoninignibiatonidses an

audio cod (fé:c%qﬂilqg §8ggmgsoggggs$%ré’ﬂ %%q;@goboegnsc@qglspeech of wideband and above.

00037 Among these, the performance of speech coding technology has
been improved significantly by the fundamental scheme of “CELP (Code

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



5 [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 furthermore
discloses, as an example of coding, a coding method based on codebooks of 10algebraic structures
Patent Document 1: Japanese Patent Application Laid-Open No.HEI10- 260698 Disclosure of
Inventior? PFSEIRNSS 6 e Stiveadsy fes iileiitior pODYTIHOWEVEE 4nTa ednkentichaliscHerielof

encodinggfreavencyrspestivimg limiteddit infrmation is,aliocated to pulse position, information. On

the other hand, this limited bit information is not allocated to amplitude information of the pulses, and
the amplRHdé3 BF alcPegsulses idr et 20 ConsEttienty? cofing! disthttieh teraind [o0osli is
therefore gy 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 quality' it a deheiik S HEBEIRY  frttfieAey SpectflmyC Me&ns @@ﬁs&hﬁnégrmupmmem

[0009]Thezoding,apparatys of the Aresentinventiondthat models apd engodes a frequengy spectrum
with a plurality of fixed waveforms, employs a configuration having: a shape quantizing section that
searchesfot &P 86 eHESdd8 PBsitishs aRdsoltitles BIAE x8Y Waletorisy arft o JarT quantizing

section thgf.engodesgains of therfixatbwayveferms nangdp:whigh, ubgn:searching forthe positions of
the fixed waveforms, the shape quantizing section sets an amplitude of a fixed waveform to search for
discioses, 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



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 gyantizing 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 searchjng for the positions of the fixed waveforms, the shape
quantizing'5tp d8mprised $eking, 4R ampifitide'6fa fiket WAVERBHR t6 %e%xrcfHXfSEanYé?,"t‘b?B@Téqual to
10 or lower dhan=anamplitdeof a fixed waveform searched out earlier. Advantageous Effects of
Invention 00111 Acc?rding tp, the present invention, in .a scheme of encoding a frequency spectrum, by
setting the’drplitude bt acﬁtii)é‘égtol EAPEH ToP 1atBte 156756 HqUA B Y fowe? that e dvplittide of a
pulse seargbediout earliek is passiblestecreduce average coding distoriongampared.te @ garventional
sound quality even in a low hit rate. Brief Description of Drawings

scheme and %rf?vide_ h(i)é;p gualiti Jual inal _
*10[0012] Fi3% 5’ a Block BiagtarT&Hdfing the Configaration of & §peBth Todig Hpparatit dccording
to an emhedimentof thespresert dnventian; wave folémll isiadblackdiagram shawing the ¢enfiguration
of a speech de .oding appar tur ac Qrdd'n 1o af embodiment of the presentinvention, 25 FéB.S is a
flowchart SHWIMEhEAABSrEN AforitRh o 8ifABE Hiarfizihg” ST actdtding 16 Hmentboiment of
the presenfdnpesrtionrands the fi3d4 isaar spectium exxanripie repiesenteid by pulsesste seaech for by
a shape guqntiz(irng section acégording Eg andembgd;ment of. theg:fsfgnt 30iﬂ¥enti°&'; 4 speech signal
is oftenr ﬁféé%ﬁt ) W&W&% itation”ard %yn%aexs?sﬂﬁg},[l?as% tot gbihﬁta"sirlrﬁla Shi éﬂtot%n
excitationosigoatewhicinis.a time dondainvectbinsehwencef €an he dedoded,it isfpossible to produce a
waveform similar to input speech through a synthesis filter, and achieve

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,
13 to be egual to or lower than the amplitude of a pulse searched out earlier, it

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
h

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



5good perceptual quality.This is 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 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 10 large 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
positionsSeERRfh &HErGY, rathE e thaRRIES68iTE ave@Br Havifg o siriar shapkew ar ikt spEctrum, it
is more likely. 1 achievg,goad percgpiuakguality, (00151 Therefare, requency, spegtrum coding

employs a model of encoding a frequency by a small number of pulses and employs a method of
searching 98t PillseE i ah GSEN F3LIF in 856 fréGuehtsitivallbf the ROEME ardét. PIOTBIFhe*present

inventors focus andthe; ppint:that, singe nulses arei20; selgcted iy opder frampulses thatseduce
distortion, a pulse to search for later has a lower expectation value, and arrived at the present

inveritions That XS ke fedttite GTHAL Presentinveritior fed HESBINY thé Aphitudéssia piikde ¢ Search
for later, fo he gaual to.rlower than the.amplitide,of & pulsesearchedwoupearlier. [0017] An
embodiment of the&resent invention will be exa#ained below using the accompanying drawin?os.

r rding to

[0018]FIGY is*a bISek diBigrathishowittfthdeoliiuration Bf tHeSpEahY cotng apBaratits S

the preseni gmbodiment; ThesspeeghGoding apparetyisishoywa dn EIG & ds provided stk LRG @nalyzing
section 101, LPC 30 quantizing section 102, inverse filter 103, orthogonal transform section 104,
spectrumt%ﬂ‘?r%%&E}Sndi%oégh‘d’%Bﬁiﬁf&iﬁﬁgé‘&}b‘ﬂ i@é.@%e@ﬁﬁ?ﬁ’@&&%@%é&%ﬁ 988" pPovided

with shape quantizing sectonand; gainiquantizing seation kb2« {3039]LPG analyzing seetion 401

performsarllr;%%;gﬁ?ggtlfoonrapng!})ﬁgi%gg of high energy and decoding the pulses at the
positions of high energy. rather than decoding a vector having a simiiar
shape to an input spectrum, it is more likely to achieve good perceptual
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,



an input speech signal and outputs a spectral envelope parameter to LPC quantizing section 102 as
an analysis result.LPC quantizing section 1.02 performs quantization processing of the spectral .
envelope parameter (LPC: 5 Linear Prediction Coefficient) outputted from LPC analyzing section 101,
and outputs a code representing the quantizatiori LPC, to multiplexing section 106. Further, LPC
quantizing section 102 outputs decoded parameters acquired by decoding the code representing the
quantizedLHE to vérserterzing. 19660 thé HhrBrTdesmgbidntiZation IRy e ploy:iadior 10
quantization ;Y Q") s predigtian.guantization, multi-stage.- ¥R« splik VQ and athermaedes; {002¢]Inverse
filter 103 inverse-filters input speech using the decoded parameters and outputs the resulting residual
componehittd Grthogorid transidim sedtibri 104y 15[002 1O rthdgdharttanstéimiséetio 104 Gpplies a
match window,such; as nt sineiwWindow. tq thegesidual compangntReferRsAR Abogonaltransform
using MDCT, and outputs a spectrum transformed into a frequency domain spectrum (hereinafter
"input spetait)’ IS b%%t‘?ﬁnpéb%iiﬁg’*S@E’t?oﬁ‘iﬁ%?‘lll%?e?flﬁ’é‘“ollﬂ?oéo?ﬂ%ﬂi‘%é‘f%rﬁ?ﬁﬁég}%n%ﬂoy other
20 transfgems sueh.as the Ebde KichangkWayeletitrangform: and oalthopgh their Msage vagies; it is
possible to transform the residual compaonent into an input spectrum using any of these. [0022]Here,

the orders6FptBBessitty betweBhiiiverseltiter YR AN BithSGSHE TranstormnP $aBHom 1845745 be
reversedy Lhatis: by dividing 25 inputspeechsubjeeted ta ap-edhogonakiransfermiby the frequency
spectrum of an inverse filter (i.e. subtraction in logarithmic axis), it is possible to produce the same
input spetidrifn’ f0§5318pEEti coditty SetionPio8 Hivideheisdt sprdiam By §URRtYHiithe shape
andigain @f the ispectnm-separately. and Quipyis the-30ikesuling quantization cedes to ultiglexing
section 106. Shape quantizing section 111 quantizes the shape of the input spectrum using a small
number ot A& HYSRons and polarities, and gain quantizing section 112 calculates and quantizes the
gains of thecpulises seasehedoutby ishape: & guartizingsseation khk.com aypen harigkbasisogshape

quantlZIngsleaCrg}%Qe]f%land outputs the resulting residual component te 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



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 quantizing section 102 and a
code representing 5 the quantized input spectrum from spectrum coding section 105, multiplexes
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 préSEtiERBEdIRTEAL The!dpedBrA1Ddebblhd apisaratad SREVATHEIE REsBrovided With

demultiplexing section 201; parameterndecoding section 202 speptrum degeding section 203,
orthogonal transform section 204 and synthesis filter 205. [0026]in FIG.?, coding information is

dernultipl&&ttihto MunidlareBdesshdemUiPIERnG Lactivh PO THe COHE FépESSMting4Hd Guantized

15LPC is;Qutpytted to parametshdecoding section 202 and thecods, ef thedaputspecirum is
outputted to spectrum decoding section 203. [0027]Parameter decoding section 202 decodes the

speciral EhveldpE pAraRTeter 8HY outpGE tNE resitiy deBGAEH Faraffiier fo syRthedts filkdP205. 20

[0028] SI@@GIWE] decodingssegtion 203:desodes tha.spape veetarangtgain biyethe methodssypporting
the coding method in spectrum coding section 105 shown in FIG. 1, acquires a decoded spectrum by
muItipIyirf%@’i@’&é@éd%‘@i@ﬁépé‘\f@éﬁ&%&?fhe decoded gain, and outputs the decoded spectrum to

orthogongd transforp section 204..23[0029]Qrhogonal fransferavsettion204:-perfonms aninverse
transform of the decoded spectrum outputted frorg%hspectrum decoding, section ZOigForrépare to
|

. g
orthogonaFtAASRSTBEGHEA T0ASAOMN THEFIC. 1 Bn PO GHHUS thE RSTHHME time- ‘toded

residyal sigralio synfhesistilter 206:.{003013ymhesis: filten 205wproddeas wlutput speeatt byl applying

synthesis,)BOfiItering to the decoded residual .si%n 1I-rs%ltputted from orcg:go%%gal trarlsftorm s%tion 204
using the dbioodtf pErabtet BUPIREd Hoh Phranteter HREOHiRG settiohBgs. secton 2Us.

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



[0031] Here, to reverse the order of processing between inverse filter 103 7 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 parame}er (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 dd FOTERRE INR) AF A5EREDH SCbiRNb) bhe BABE ovel AN entiféy &P a55iadbtsffiTEd search
interval. 10[0034\Following;eguatian,1; prorides gereferencr.for sparghhiere, in equation,1nEy
represents the coding distortion_ s: represents the input spectrum, g represents the ideal gain, S is the
delta funéisipriBpreséhts e paIRe poditiBrs $b Fér?resaégﬁétﬂﬁ’élpﬂ?sé%migﬁdéﬁkﬁﬁﬂ% f&présents

the pulsepumbersShape duantizing section Lk sats the,amplitudeef aulse 4bto search for later, to
be equal to or lower than the amplitude of a pulse searched out earlier. [0035] From equation 1

above, thefdike pdsition toRimiAE LRGBSt 26 HiRctiohlis tRE pbaitior HfhicH thes 465l ite value
sH of the input,spestrwn i 8ach band dsanaximum, and its polarity is the polarity of the value of the

input spectrum value at the position of that pulse o
[0033] Shape quantizing section 111 searches for the position and
polarity {+/-} of a pulse on a one by one basis cover 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



[0036] According to the present embodiment, the amplitude of a pulse to search for is determined in
advance based on the search order of pulses. The pulse amplitude is set according to, for example,
the following steps. (1) First, the amplitudes of algpulses are set to "1.0." 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 /N ratio and SD 30 (Spectrum Distance)) is
peak. In Hhigueisengsetirnbariat the Bmplitusies GHRe (GF D)o ok |afe? Pletiatd tHRUSBRE 45 that of
the n-ft e(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 B8 éXplained whakebthe veetoMEght of YA MR SPRBETM TR SIXEAoUr seiidies(sikbits) and
the specirum, s encaded, S withfivepulses, i1, ihis %ﬁm@!%sﬁ%;{utst@&esﬁemgﬁ%tq shaowthe pulse
position (entries of positions: 16) and one bit is required to show a polarity (+/-ﬁ requiring thirty-five bits
informatioi Bitd ik tobal! §0038] FPhetAeve bRIABSeateh Bigarithm bTERESE qiantiang Setihad 1 in this
example wjll he,showin in:E1G:3 Here.dhe. symbelsused inithe; 10flowehart of 63 stand.far the
following contents. c:pulse position pos[h]:search result (position) pol[b]:search result (polarity)
s[il:input Qsip,é»dt,rgﬁﬂulrmg 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
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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



15x:numerator term y:denominator term dn_mx:maximum numerator term cc:mxmaximum
denominator term dn:numerator term searched out earlier 20cc:denominator term searched out earlier
b:pulse number y[b]:pulse amplitude [0039]F.169’3 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 algorithm of FIG.3,
denomin@tét 1§ deperfd & BiR BRIFRENBeP Wocant? corssduénty sy Caleamting s vué % advance,
it is possipleda sipplify-the algarithra of RLG3{00401 An example of @ spegtium sepresentad by the
pulses searched out 30 by shape quantizing section 111 will be shown in FI6.4. Here, F10.4 illustrates

a case WHEIRTBLASERIPP 165 P B BE&F RSO r IR SYdER I&S sABWH in' EI1BLAS tReSesBH Emiddiment

sets the amplitude,of a.pulss tosaaneh ferdateniie benequalitp-orlower than the amplituge sgarched
out 9 earlier.{The amplitudes of pulses to search for are determined in advance based on the search
order of fﬁ‘é‘BUl%lé%‘?%o that it is necessary to use information bits for representing amplitudes, and it is

possible to make the.Querallamoeuntokinfersation bits:the sameias indhe-casi of xing amplitudes
[0041]Gain quantizing section 112 analyzes the correlation between a deche pulse seclqélggi:e and

an input éﬁé&ﬂ.ﬁﬁ, Qﬁaséaléﬁ%§§%§1 i@égl an input specirum, 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



gain.ldeal 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 acquired by decoding the shape. [2] S() x (Equation 2) v(0 x
v(1) [0042] Further gain quantizing section 112 E@Iculates 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, gafrimahi B! eartipetbeptuanibaset oh allogarithnfiescateland, consaquently, By pérforming
SQ or VQafter; perfarming logarithm transfarm of gajn.dit isRossiple fe produce pereeptyallygood

synthesis 20sound. [0043]Thus, accordina to'the present embodiment, in a scheme of encoding a

frequencyespEBedm By 'déttintPttHe dmplit _ _
the amplityde.of, a Rulse searghed oyt earlier, it ispessible tg reduce averags cpding

compared to a conventional scheme and achieve good sound duality even in the case o

de df-a pulsel t& seHteh fortidier s berepual@eor ddwer than
%@9@@@ 115

a low bit rate.

[0044] FURRE? SBYAPpRING tRE PRREEH iHvehtio fo lcaselorgrobpimytises of all pulses to
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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 calculations.
[0045] 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
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
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
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
present invention is not limited to this, and is also applicable to other
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 sequence in the Wavelet iransform or the like. Further, the

present invention is also applicable to a time domain vector sequence such



pulse amplitudes and searching the groups in an open manner, it is possible to improve the
performance.For example, when total eight pulses are 30grouped into five pulses and three pulses,
five pulses are searched for and fixed first, and {hen the rest 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, 1.0, 1.0, 1.0, 1.0] and setting the am Ilg es of three
pulses s@AreREUdr MteF i B8 B8, V.61 itis posSibIdts iﬁ%@élgrﬁhgf%?fﬂ]%ﬁ‘éﬁclélcg % red to a
case of setting thespulses:et allpulsesito: dFusther, iy sefting the amplitudes offivenpulsesssearched
for first to "1.0," the multiplication, of the amplitudes are not necessary, thereby suppressi lg.the
amount S 2HIELIAHONE! A0 (8045 FlFtheP aRAOLYH R LSS al be&H ‘5&%‘%%%3‘3 035%#1 tHe present
embodimgntombere gain codingds Merdermethalter shiapencbdings dhierpresent invenliqn samrprovide the
same performance if shape coding.is performed after g 'p codirl? ELO{,Q Further, aIthuth,a;n example
case-has'5&& dasbibBar (d 18 éﬁd@%néﬁ\%lo%?men WiEre TheSegth ot R spactitim is dixty-four
and the nuymberof pulsesds five bpom quantizingdhe shapk iof the spedtium, the pegsentinvefition
does not depend on the above numerical values and can provide the same effects with other
numerical ¥&IBEE. fd%7] Further, it may be possible to employ a method of performing gain 20 coding
on a per pangkhasis and themootmdlizingdthe: spectrum byrdecoded gainsz anthbperforming stiape
coding of the present.invention For example, if the processing. of s[pos[b]]=0, dn=dn_ mx and
cc=cc_miCArénBP b;ﬁ%%%,ti? i€ d?o%sﬁ%@i%‘ 'é}"lsséei’ p?ﬁ]rgéli%g ot &%Eé‘zlﬁ# %’Sgi}%é position. However,
if a pluralityrof pulsestbecufiindtievsams @ositian utheira25 damplitutes may increase vandiihetefore it is
necessary to check the number of pulses in each position.and calculate the denominator t
accuratel ’.81564@?::151 eut{, Séﬁthlbetfé:h@%gding? 1b§/ebu|§8§ %lﬁieefi o(grmaen fo@ft% Esfafaegxfr%&rﬁ’ Is%%%esctgg%‘é an
orthogonahtransfatm irhthespreisent eshbodimeénp, rthépresént inventioltés not limited to this, and is also

applicabl%}&p&?er Further, although a case has been described with the preset
embodiment where the present invention is applied to CELP, the present
15 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 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.



30 vectors For example, the present invention may be applied to complex number vectors in the FFT
or complex DCT. and may be applied to a time domain vector sequence in the Wavelet transform or
the like. Further, the present invention is also appjicable to a time domain vector sequence such 11 as
excitation waveforms of CELP. As for excitation Waveforms in CELP, a synthesis filter is involved, and
therefore a cost function involves a matrix calculation. Here, the performance is not sufficient by a
search inl 8 pen I6BPIEAER A filterds indBRed cand thetefera il elosd Idophsedtehs ifdées ihe
performed.ip;some degree MMagnithese ars mManypulsesyitis effertive foyise a heam seaichor the

like to reduce the amount of calculations. [00_49% Further, according to the present invention, a
wavefornd olsBhreATToridIvt Iiwited 6 & puidE Gimpings), andliercetidally possible 46 sbafeR 10 for

even other.fixed wameforms (uch.as dualeulse. driangle.ways, finite wave of impulse response, filter
coefficient and fixed waveforms that change the shape adaptively); and produce the same effect.

[0050]Fuiher, dithodgh'a casé hekBeefh tésctibed Withthe presét Empsdriert whers thd present
invention-ig-appliedite CELRythe: present 4sinvartion is notdimited 1 thisbut is effective, with other
codecs. [0051] Further, not only a speech signal but also an audio signal can be used as the signal
accordingfo!tHé Hré&ért invention.It is also possible to employ a configuration in which the present
invention is @pplieditg.an P Gipregictionesidual signalinstead; ef.an input signak. 290052} Jhe
coding apparatus and decoding apparatus according to the present invention can be mounted on a
communiAfoHtermihalr Spparatts! BRdBALE Hiation Bpparat Uy if &nohild CoMrfumEatisRssystem: so
thatjtis pessible te previde .a cammunication iemminalapparatus; hase statien apparatusrandanobile
communication system haying the same operational effect as above. [0053] Although a case has been
described Wit BBoVE &EMbodMEht a8 ah EXERTHIESNHRPATHY BréSeRt MRt S msiEhted with
hardware; the yrasent iavesition Gande; inplemented yith saftware Eof @xampleoby dasenbing the
algorithm according to the present invention in a 30 progra miEg language, storing this program in a
memory afd kingf1 e iiformatibh proeasSing 8Bfion eSSt this ﬁl%ﬁr&agmf’i't”ls%%séﬁﬁédtbe
implement e sarge fupetion asthereodifgapranaiys adtardingtmthepresent nvention. {0054]
Furthermcére_,.egch ‘funcgon_blocé emrglogyed in the descL%pt' n of each of th%eﬁforementioned .
embodim&fitd WAV & piealfy he ipisiishted ds bn 16 ittet oS ihtagrated Cidit. these may
be individtiah chips ortpartiallyiar éetally containrcbon @ single chip [0955] 'L SK issddopted hese but this
may also ge referred to as."IC," .
totéchnology 1s also possible. _
[0058] 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.



"system LSI," "super LSI," or "ult a LSI" depending on differing extents of integration. [0056]Further,
the method of circuit integration is not limited to LS1's, and implementation using dedicated circuitry or
general purpose processors 10 is also possible. After LS| manufacture, utilization of an FPGA (Field
Programmable Gate Array) or a reconfigurable prgaessor where connections and settings of circuit
cells in an LSI can be reconfigured is also possible. [0057] Further, if integrated circuit technology
comes out %H‘gée LSI's as a result of the advancement of semiconductor technology or a
15derivative other technology, it is naturally also possible to carry out function block integration using
this technolpgy.Applicatign of biotechnolpgy is also possible. [0 58%1T e disclosure of Japanese Patent
Applicationllcl)\lo.20071-\0%%85165,ap p?illggxsorﬁgl\%a gﬁnzﬁ Zz%oaﬁ%nec‘iﬁ[é?%é t g;l g%%%?ﬁga%gﬁ,ggr%vﬁags and
abstract, 20istiscdrporeded Hidraihdoynrsferahcesin its eftirety. dagstias M Eiichbity' [0039] The present
invention is;gujfakle.te.a00ding.aprasatusithaticy &NeALS sReechsiornalsandiudio signals, and a
decoding apparatus that 25 decodes these encoded signals. 13 CLAIMS 1. A coding apparatus that
quantizes dd EREOHELAPre4tEncy spectrum of 5 a transformed residual component resulting from a
speech signal coding,sWwili: ay shapesvatiar ywwhichnnclsdeslagpharality of ptilsesiand @& gaimvector, the
apparalus SamBrISing;: . 1, FRARE GARIREL ALARIOUNS &l RUSeseachilp delermine positions
and signs ofa pI]L%raSIity of 1st puf es of which amplitudes are 1.0, and, after’the 101st pulse search,
perforids 2Adtpulse seareh. tocdErerninedpoisitio ngaantl Sighdofene positions and signs of a

plurality of 2nd pulses of which amplitudes are 0.8, and encodes positions and
signs of the Ist pulses and the 2nd pulses; 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.



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 pulses,
he 2nd pulses and the frequency spectrum. 15 2. The coding apparatus according to claim |, 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. 13a 3. The coding apparatus according to claim 1, wherein the shape quantizer performs the
1st pulse search and 2nd pulse search under the condition that the 5 plurality of 1st pulses and the
plurality of 2nd pulsa&damh@maimthe safmel pasitioriaid A, cotlingi metboed afequantiziag and
encoding a fre]clxbuenc tr%rﬂeogg trahnsfgrgle(g |dlég£rcc ‘F%nengresultdng from.a %oeech signal
coding, with 2 10'S ape vector which includes a [glura ity of pulses and a gain vector the method
comprisingplurality sHalpe pukintizing Step bffpattoahitiy 15t petséosearcly todetéhmifepositions and
signs of a plycaity,of 1st pulses of which amplitudes are 1.0, and, after the 1st 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 emﬁced'trigghEegﬁm veoior hased an dhe dsé puyses;ctipe: 2od pulsesand the frequency
spectrum. 205 T{h%cg / ggrgg 2according to (leal mA4, Hwh r%@c? glu%nliltyogf Ighe Jatpylses is 5, and
a quantity of the ond pulses is less than t?we quantlty of the 15t pulses ©6.The coglng method according
to claiff4, Mm«ewnﬁqhe@ﬁép@%é@famﬁmglstémftme 18t plrsé seHrciaivd. 2he paide $earch are
performed gggl%m%gondition that the plurality of 1st pulses and the plurality of 2nd pulses do not
occur in the same position. 14
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.



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
preferable sound quality for auditory sense. In tlﬁ encoding device, a shape quantization unit (111)
guantizes the shape of an input spectrum with a small number of pulse positions and polarities The
shape quantization unit (111) sets a 10 pulse amplitude width to be searched later upon search of the
pulse position to a value nob-grédidy iﬁ%fg %ﬁ@ﬁdl‘?@aﬁﬂ}ﬁl@um&}ﬁ)%ﬂféh}ﬁgsTﬁ"}a@Psearched
previously. A gain quantization unit (112) calculates a gain of a pulse searched by the shape

guantization unit (111) for each of bands. 15Fi%ure 1 X
ABSTRACT

o

Provided is an encoding device which can reduce the encoding distortion as
compared to the conventional technigue and can obtain a preferable sound
guality 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
10 pulse amplitude width te be searched later upon secarch 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 guantization unit (111) for cach of bands.

15 Figure 1



