1 DESCRIPTION ENCODING DEVICE AND ENCODING METHOD Technical Field 5[0001] The
present invention relates to a coding apparatus and coding method for encoding speech signals and
audio signals. Background Art [0002] In mobile communications, it is necessary to compress and
encode 10 digital information such as speech and]images for 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 ofl3p8&cR IdbHirgechnology has been improved

significantly by the fund @@ﬁ 8 f\/ﬁ;EI%IDA(Ig d%&% |f&cbl_ ﬁr gj'ction)," which skillfully
s TR

adopts vector quantization by mo the vocal tract system of speech. Further, the performance of
sound coding technology such as audio coding has been improved significantly by transform coding
techniquesr@&ggiggll\/ﬁglca-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 vectdr halitg 1d sindifze shregse o am exoitationrsitrials which is adime demaia wsctondeguenog, can

be decodeg, Jt s, possible 1o piQ ug‘?ﬁ% X}F‘gﬁé?ﬁ@ssﬁﬂ%aﬁpdi{boﬁ §H§?th through a synthesis filter, and
y.Thisis t

achieve 25good perceptual qual qualitative charactéristic that has lead to the success of
the algebraic codebook used in CELP. [0005]On the other hand, a scalable codec, the standardization
of which isfn pregress P LTU-T (International Telecommunication Union - Telecommunication
Standardization Sector) and others, is designed to 30 cover from the conventional speech band (300
Hz to 3.4 K2 dIwidebanabids teorepizRigaH oB it Faite BECAS High 56 appapproxitiataly@Pekbps.

That iy a widgband caden 112810 &Yan aRPY,a cortaln Hegterebceding fficient 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 speech coding technology has
been improved significantly by the fundamental scheme of “CELP (Code
15 Excited Linear Prediction),” which skilifully adopts vector guantization by
modeling the vocal tract system of speech. Further, the performance of
sound coding technology such as audio coding has been improved
significantly by transform coding technigues (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
25 good perceptual quality. This is the qualitative characteristic that has
lead to the success of the algebraic codebook used in CELP.
f0005}] On the other hand, a scalable codec, the standardization of which
is in progress by I1TU-T (International Telecommunication Union -
Telecommunication Standardization Sector) and others, is designed to
30 cover from the conventional speech band (300 Hz to 3.4 kHz) to wideband
(up to 7 kHz), with its bit rate set as high as up to approximately 32 kbps.
That 1s, a wideband codec has to even apply a certain degree of coding to

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



audio and therefore cannot be supported by only conventional, low-bit-rate 2 speech coding methods
based on the human voice model, such as CELP. Now, ITU-T standard 6.729.1, declared earlier as a
recommendation, uses an audio codec coding scheme of transform coding, to encode speech of
wideband and above. 5 [0006] Patent Document F discloses a scheme of encoding a frequency
spectrum utilizing spectral parameters and pitch parameters, whereby an orthogonal transform and
coding of amstgidl aeqlined myeiatsetfiitsdhga Ipeebivsignalarecperforded asdd an $petifal
parametergA0d [ythermat disaioses: a5 an gxample of spAl0,g soding,metod based Al
codebooks of 10algebraic structures. Patent Document I: Japanese Patent Application Lél&l-%g:pen
No.HEI102260898Diseibxtre 0l ihgeAtibAMS RProbkinsiorze Soldbtichytthecinvedtion 080T ledwever,
in a conveptigaal.scheme 9f ghgoding 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
informatiohtt¥8é pUisesnank? erararaplituded o b gte putsdears fixbde Toodomgequértlyy eoding

distortion rgipainanl0RQBllL is hersiare an dﬁ?i%%é’{é% RIREEPHIDNERURD IR PLOVIAG & 6ORING 5

apparatus and coding method that can reduce average coding distortion compared to a conventional

scheme afd RGHeR horNSErdadtaarssadingu Aty i 4 Bahetn Bifedchding vereedhey Bpedtrum.
25 Means §ge Sohving tha Rreblem000LThescoding apparatyshfiiie present inventionhatmodels

and encodes a frequency spectrum with a plurality of fixed waveforms, empioys a configuration
having: a $HapE&EANASIRG SBERBIPIaP a1 Heg fér gpding method based on codebooks of

10 algebraic structures.

Patent Document [: Japanese Patent Application Laid-Open No.HEI10-
260698

Disclosure of Invention
15 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 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 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 quality in a scheme of encoding a frequency spectrum.
25
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, employs
a configuration having: a shape quantizing section that scarches for and
30 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 positions of the fixed waveforms, the shape

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



30 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 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.
5 includeslatshape qeentigingl step of séarchingfenand encoplintpdesitidng afic pdlavities: b the fixed
waveforms;.andia ga&r&gggpﬂ ing 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 bt @lfided Wavefonditbeseaethfol |atér the be sefet to 10 ontoner tHanrandahiplitude of a

fixed wavelqu sl chedioul G- Adwantageos ifegts pfipyRpon IOALIAccRIng pdhe
present invention, in a scheme of éncoding a frequency spectrum, by setting the amplitude of a pulse
to search fayakiée st5aosha R Uit bEicwers thanahes apiitinie ¢pa puldecsezndhnd auusarion it is

possible to,frduggiayerage cedingdistoripncomnRiad do a rgnventignal %%%{E%P RrQyide, high

quality sound quality even in a low bit rate. Brief Description of Drawings 20[0012] FIG.1 is a block
diagram sK&wfH fite g Watids Jf s ahesen touing appetatnswbiehding o ars eatisddiraehe of the

present iNygRtign;itionFKF-21is arbleek diagran showing %@%n%gﬂﬁﬂ%rpg a gheesiLdesding

apparatus according to an embodiment of the present invention; 25 FIG.3 is'a flowchart showing the
search algdfitHioft B $HaPH Gkt Bacsbivaccding 16 &6 eraBotimantat the Presantahvention;

and 10 ofFlG4is speUALAXAMPIE IPFesaadbWRIISES to.SERIChIQS YA shape guantizing
section according to an embodiment of the present 30invention.
Advantageous Effects of Invention
[0011] According to the present invention, in a scheme of encoding a
frequency spectrum, by setting the amplitude of a pulse to search for later,
15 to be equal to or lower than the amplitude of a pulse searched out earlier, it
1s possible to reduce average coding distortion compared to a conventional

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

Brief Description of Drawings
20 [0012]
F1G.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 to an embodiment of the present invention;
25 FI1G.3 1s a flowchart showing 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 Carrying Out the Invention
[0013] In speech signal coding based on the CELP scheme and others. a



4 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 thrqugh a synthesis filter, and achieve 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 synthesEPRESThaLSHE ctiaP §EiRs 149 ReSearpbieh et ankctieteforathd sistorgsisofiiefreqliencies

(. positigns).et §PMRALIEDLS, 06 10 Ipsgemayer 3 maye signilicans thap the disigion of thesg gains.
That is, by searching for pasitions of high energy and decoding the pulSes at the positions of high
energy, rafifdr Han Heebling GAFSAEE habiy £§inﬁl%ﬁ%¢1ﬁée tH amsSinp@espekaruid, ipro diete likely to

achieve g%@@&%@t@%gwtyo1&[994551@@5%1‘0{@;&r@gﬁeacxwgq@n £qding employs,g.model of
p

encoding a frequency by a small number of pulses and employs a method of searching for pulses in
an open IGHPh tREFERUBALYIHENA of thBigoding bsrget 300161 TRe PrasentanidatordficUzsn the

point that, jsinge pulses ate £k setegiedanyeider; frap puisrsithaldgdyce distertion, a pulse to search
for later has a lower expectation value, and arrived at the present invention. That is, a feature of the

present inl@AGAA lieS Th $BRindthd ahidtifud&oftd hutse o 8dalERIsemear, 16 bRl Bilal (656 fower than

the amplityda iof @ pulsesearshpd qut@arligs 2500d#kAn empedimentiof the Rreseat iRvention will
be explained below using the accompan%/ing drawings, [0018] FIG.1 is a block diagram showing the

configuratfoys B ¥AES sPe K HEdIHG Btafafud Hebsrding fo thé pRest BhbIinieRPPRE BFeédh

codingapparatus shawn inmrdGe Lisepravidas Withil B anah@intseetion 404, 42630 gyantizing
section 102, inverse filter ég:é orthogonal transform section 104, spectrum cading section 105 and

multiplexirfy s8EA6R1BE. EPedit tuiing Sdtitoh 18578 pratidedsrint Sl uBRti g edhtsn 111
and gain quesitizing sectibigbl2nergy, rather than decoding a vector having a similar

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 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.

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

25 {0017} An embodiment of the present invention will be explained below
using the accompanying drawings.

[0018] FIG.1 1s 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

30 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

guantizing section 112.



5 [0019]LPC analyzing section 101 performs a linear prediction analysis of an input speech signal and
outputs a spectral envelope parameter to [PC quantizing section 102 as an analysis result.[PC
guantizing section 102 performs quantization processing of the spectral envelope parameter ([PC: 5
Linear Prediction Coefficient) outputted from [PC gnalyzing section 101, and outputs a code
representing the quantization [PC, to multiplexing section 106. Further, LPC quantizing section 102
outputs ddéttie?] pafaiietens heguied byt teeddingnbef eotes re gresentingethe: tivantized PG, a6
inverse fil ere, p te izati YV I ization ("VOr.
preciction ianEEaon ol S AEE Ve 00 and cihay e LB AL Ler ey PP
inverse-filté¥s fHpat B et igsing YRe e evdas Parsimatets Hnd dubSitg the resuingaedioual 02

componery {ereithaoquali ARSI sestiantd- 4512 LQEhagona! Unslopm:seclion 19banplies a
match window, such as a sine window, to the residual component, performs an orthogonal transform
using MDETR&AH Sugsietiospéctieihl treisibriida it & freepiehdy dotnaity speetriaativerelfdfter
input SPeEUMEl IfSRECIUM UG SEclian 05 kierg ulhi erifioganal ansiamymay armelay, other
70 transforms such as the FFT. KLT and Wavelet transform, and, although their usage varies, it is

possible t& #&Ensdrm e restivBEitompbidnt ifterahimpg speefan udifg any bTitess qoodeiHere,
the order qfRragRssINg ReWARR Inyewreitantogand Arthegpnal trnsform éegggﬂé%enwdﬂ?
0

reversed. That is, by dividing 25 input speech subjected to an orth_ogonéﬁ transform by the frequency
spectrum & di i d et 323 subtfaeton s 1DEERBMPATE S DT RADHRRIBE Yo PFo9de YRE €dme

inputispeclyimi0AZRIgPectram coding;se iRy kda divides thedaput spaetrupnbys guamtizing the
shape and gain of the spectrum separately, and outputs the 30 resulting quantization codes to
multiplexirfb%%EEﬂBH‘i%. Shape quantizing section 111 quantizes the shape of the input spectrum

using a snjalh nembemafpulsernesitionsangRalitig s 29d 9310 04REZAY saEtION Hd 2gealsyates and
quantizes;ha(aragr%igfeggth&gul(s)g%s&%rc?gg Orlétsg){tisggp?egidual 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 orthogonal
transform wusing 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.
[0022] Here, the order of processing between inverse filter 103 and
orthogonal transform section 104 may be reversed. That is, by dividing
25 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 outputs the
30 resulting quantization codes to multiplexing section 106. Shape
quantizing section 111 quantizes the shape of the input spectrum using a
small number of pulse positions and polarities, and gain quantizing section

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



guantizing section lll, on a per band basis.Shape quantizing section 111 and gain quantizing section
112 will be described later in detail. [0024]Multiplexing section 106 receives as input a code
representing the quantization LPC from LPC quanéizing section 102 and a code representing 5 the
guantized 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!eah g atiors bifothel dpeceh deeotihgpparsitus adwding tatHeprasenction 111
embodimeyy 1 §pegem 10, Areadind GRparatys; Wy I\ 16,2 45 prayidedsuith demultiplexing

section 201, parameter decoding section 202, spectrum decoding section 203, orthogonal transform
section 20l4&Ad byntHedid Bl 12a5 s o0 26N BIG T2 cedbffy #formnation & denarirterad rgotindividual

codes in dguiipiexing seplion=ll- The codedapiasenting e pyanized 1o/ LG is,outRuttsd, to

parameter decoding section 202, and the code of the'input spectrum is outputted to Spectrum
decodfhg $86tiod 283! [P 7]PAPaheteR URddding Setiion PPocdERBUe b BEectar Bitvelopé 5.

parameter,aneh PKES the desulting dgsedad Ra@meiglossynibesis filter 05, 20, 190281 :Spestrum

decoding section 203 decodes the shape vector and gain by the method supporting the coding method
in spectruml@diRg 28t 265 BEBTMAH £9G. 1. acquires a decoded spectrum by multiplying the

decoded sh@pe:vecten by the deeadedt aaing AnG %B%%@%H@C@Qﬁ@i%ﬂ%%@ﬂ ©rofinoggeak p

transform section 204. 75 [0029] Orthoganal transform section 204 performs an inverse transform of

the decod&d SPELHEINTBRGEY ik SB&EurkCdddodiRg SeibresoBuMsaYed toldrehagsisal
transferm gectieri 44 shawat i ki vin afd oLtRats dhe-rrsuingwlirteRarias s roded residyghsignal

to synthesis filter 205. [0030]Synthesis filter 205 produces output speech r$:>1()j/é_ap'plying synthesis 30
filtering to ‘lﬁQeI dePEERB! FESTdULE SRIHD HUBSEHER ron ortHBRHAFFAN ST AT4BEOH 964 BsiRg the

decoded paréiagien el puiieddramspatameter desriingnsaetion 202 {0034 ]Here, to reverse the order
[ d orthaogonal transform section 104 shown in FIG.!, the

cpesch delUI appral O reFIG Al e

peech de appdratusirFIG! tipfe tRAYEEb dEY SHEBHITPOG e ftedBENCy Pl of the

decoded pasdmetat demaddiiomimihe iegasithmia axis) wad: padoras aseartingqnal anstoprdof the

e e s A st el PR o o v B M1 A A S P S
input spectrum is outputted to spectrum decoding section 203.
[0027] Parameter decoding section 202 decodes the spectral envelope
parameter and outputs the resulting decoded parameter to 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, acquires a decoded spectrum by multiplying the
decoded shape vector by the decoded gain, and outputs the decoded

spectrum to orthogonal transform section 204,

2
U

[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 205.
[0030] Synthesis filter 205 produces output speech by applying synthesis
30 filtering to the decoded residual signal outputted from orthogonal
transform section 204 using the decoded parameter outputted from
parameter decoding section 202.

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



112 will be explained in detail. [0033]Shape quantizing section Ill searches for the position and
polarity (+/-) 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 t_pr search. Here, in equation |. E represents the
coding distortion, s, represents the input spectrum; g represents the ideal gain, .5 is the delta function,
p represents the pulse position, ryb represents the pulse amplitude, and b represents the pulse
number. Skapeogiingeimg! seetoi o segttha drifflinideos 4pdide 15 tohsearste for ldesodorte equal

to or lower,than.the amplitudgpba pulge;seprched outearigr d 1Lkl 89)13---14%%0%3%&%2]

[0035]From equation 1 above, the pulse position to minimize the cost 20function is the p ‘
which the 8P86HiEY e tBpl Bf aRd iUl R U ifl chch BAHAGS nvaxHeIko aat Hismitaditiis the

polarity of fhg valuepfihe ARk BRRCIRM Malherdt iheorasition. of inat PYise. [PRRE] According to the

present embodiment, the amplitude of a pulse to search for is determined in advance based on the
searct orddlbi pulsdie ¥ETRBARAsE BT ATIAE i 86t iactobdihg a8 dfog Earapien thel fdlobak 8teps. (1)

First, the amplitydasyf all puises arg setde;{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 pBFdfhance@Beh S QN 4H1IS afRFEH B0 I ShectRffrDrtardes)) I8 pe@eIHIAR card,
assume thghihejamplitudes,gf theirst)-thnordates pulsesale the samg as that of the-pilf pyse: (3) All
amplitudes with the best performance are fixed, and n=n+1 holds.(4) The

predetermined search interval,

10 [0034] Following equation 1 provides a reference for search. Here, in
equation I, E represents the coding distortion, s; represents the input
spectrum, g represents the ideal gain, & is the delta function, p represents
the pulse position, y, represents the pulse amplitude, and b represents the
pulse number. Shape quantizing section 111 sets the amplitude of a pulse

15  to search for later, to be equal to or lower than the amplitude of a pulse

searched out earlier.

(1]

E:Z {SE_Z 8?55(prb)}2 ...(Equation 1)
H b

[0035] 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 each 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 pulses.
25 The pulse amplitude is set according to, for example, the following steps.

(1) First, the amplitudes of all pulses are set to “1.0.”

1

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

30 (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 pulses. In this example, six bits are required to show the
pulse position (entries of positions: 16) and one bit is required to show a polarity (+/-), requiring
thirty-five bits information bits in total. [0038]The flow of the search algorithm of shape quantizing
section 1107 0¢ ¢ thiszexbrrphe’ will2Det sholwneire FE@ & Hafeunhd synbelpuadetbinitheniGrflowohart of
FIG.3 stangdl far.the following contents. c:pulse position pos[b]:search result (position) pol[b]:search
result (polarity) s[i]:input spectrum 15x:numerator term y:denominator term dn_mx:maximum
numerator &¥m7dc: nfxmaxigaim elehihivatbr terns ¥nlainestarorceent bearsisadolie patheof an
20cc:denoppingiarieen seAiched autearlianpylse nymiar yiblpulse ATPILAS 003 ARG 4
illustrates the algorithm of searching for the position of the

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

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

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

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

c: pulse position

pos[b]: search result (position)

pol{b]: search result (polarity)

sfi]: input spectrum
135 X: numerator term

y: denominator term

dn mx: maximum numerator term

ccimx maximum denominator term

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

b: pulse number

v[b]: pulse amplitude

[0039] FIG.3 illustrates the algorithm of searching for the position of the
highest energy and raising a pulse in the position at first, and then
25 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 only number “b,” and, consequently, by calculating this value
in advance, it is possible to simplify the algorithm of FIG.3.
[0040] 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 Pl 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



highest energy and raising a pulse in the position at first, and then 25 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 only number "b." and, consequently, by calculating this value in advance,
it is possible to simplify the algorithm of FIG.3. [0040] An example of a spectrum represented by the
pulses searched out 30 by shape quantizing section 111 will be shown in FIG.4. Here, F1G.4
illustrates @achiss whéreepalsed it desPsiape beerrdiied far ihofdera s dhwumim s4Gig, ade present
embodimafiesdhe arnilbdie gl aidsede serchIpLaters fo Ageaalio gElehiiandhg e
amplitude searched out 9 earlier. The amplitudes of pulses to search for are determinied in advance
based on tRéxaanéhoarduit vffitre pnsese s taririy Heedssargnd usd inforpaalibh bitgfek eephesenting
amplitudegand)if is pessinle Jo make e Qyarallangyt of infrmatian bitg the same, as #ine case of
fixing Samplitudes. [0041] Gain quantizing section 112 analyzes the correlation between a decoded
pulse §eq@§ﬁ@b%\hﬂfﬁn input spectrum, and calculates an ideal gain. Ideal gain "g" is calucalted by

following ggyation Zﬁ%e,daﬁqq%@ﬁ Ze34) JEPrEEENES; U INRUt SRECtm. 1 and ¥ (D, EaRIESGNES &
vector 10 acquired by decoding the shape. [2] S(i) X V (i) g= ...(Equation 2) [0042]Further gain
quantizing'§éatifl1 P2 Eic BB e ideh Garis dRE WeARRHGHS cBBMgIRY SEake Qubhtith (SQ)
or vector guaRlizatigeal5gn the gaseofpeerniag V@@tq‘cﬂw@mi@i%g&uﬁ prssible fagerform
efficient coding by prediction quantization, multi-stage VQ, split VQ, and so on. Here, gain can be

heard per€8MttER bAsed It I6§EFRIMITScH HndPESHERBURRY, By peRBARRTE SQRol SO fter
performing egakithnbiransterm ©f 4an sik ippossible to produce perceptually good synthesis 20 sound.
[0043]Thus, according to the present embodiment, in a scheme of encoding a frequency spectrum, by
setting the[%ﬂnplitude 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 tzrg(;i}wg@verage coding distortion

i

£ Zv(z’) x v(i)

i

...{(Equation 2)

[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 performing vector quantization, it is possible to perform
efficient coding by prediction quantization, 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 synthesis
20 sound.
[0043] Thus, according to the present embodiment, in a scheme of
encoding a frequency spectrum, by setting the amplitude of a pulse to
search for later, to be equal to or lower than the amplitude of a pulse
scarched out earlier, it is possible to reduce average coding distortion
25 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



25 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 pos&ible 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 10 amplitudes of the latter three
pulses areaByuafiydeduced. Ithrexperinrenthity provebsttat, diesettingpihe amplingdds of five pidses

searched IRt bl Ophfy - chfl i Selio e apiles ol ree prlss seqiedon later

to [0.8, 0.8, 0.81, it is possible to improve 5 thé performance compared to a case of setting the pulses
of all pulsé§ascimgrther, By settind the.amplitddBs df fivel ptilses desetiad fohtirsme i daseof

multiplicatignQf theiamplides,ate ROt 18AESTANY(therePy supResaing the amewnt of galculations.

10[0045]Further, although a case has been described above with the present embodiment where gain
coding is pBAOPRIES HRENSKapeBAIARY the Bredast inberridhngan ronide secamie paHsahaisce if
shape codinggs-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 is fVBTLPER qbAnfsiiiBetisape et iedise@iuh thelprbsentingeniion deas st dépend on

the above-numerical valasapr can provide the same eftests withcothst nymericalkyalugs. 10047
Further, it may be possible to employ a method of performing gain 20 coding on a per band basis and

then normSHPRF &b A HPBY BEQIded! G4 aR%t performing shape coding of the present
invention. [Earexamplgrihiie RIOE8SSIAC.Of $EROBIIF0e ANFLc» Mt 66-66_ WX gl Reqrmed, it

is possible to raise a plurality of pulses in the same position. However, if a plurality of pulses occur in
the same E)Hg?[?djr},%éli}; whére gain coding 1s performed afier 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 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 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 cc=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
25 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 a spectrum
subjected to an orthogonal transform in the present embodiment, the
present invention is not limited to this., and is also applicable tc other
30  wvectors. 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 applicable to a time domain vector sequence such



25 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 a spectrum subjected to an orthogonal transform in the present embodiment, the
present invention is not limited to this, and is als épplicable to other 30 vectors. For example, the
present invention may be applied to complex number vectors in the FFT or complex DCT, and may be
applied toas tine idomain vactof suaentdlih b Wavelee ransioimionthedikel Futher thEblbsent

invention is al5g apRYcallf (g a;ims, domalp vesiar SRAHERRR SYCh L1 as,axcitationwayefarms of
CELP. As for excitation waveforms in CELP, a synthesis filter is involved, and therefore a cost function
involves amdatiix calbendaom Herd] e piforpsahetiis neesiffieiehsBylacdeatch ihan Ggeh 16bp when

afilter is inyolygd, angd,theggfare 2 gigee-lagr;seay e NGeds 19 be performed,inspme, degieey, When

there are many pulses, it is effective to use a beam search or the like to reduce the amount of
calculations: §6049] bartierl eussding f9he presedt invekticn, Bhwasetbernasedrehsfor.idthét limited

to a pulse (impulsg). apd {ids equalbapessibledn seareh 40 fareven gtber fixedyuavsiorms: (Syeh as

dual pulse, triangle wave, finite wave of impulse response, filter coefficient and fixed waveforms that
change theaskapetidptively), and produce the same effect. [0050]Further, although a case has been

described wigh the presehembadiventivharethe present invertionis appied L & &-Fo theprgsent
15invention is not limited to this but is eﬁ‘ectgve with other codecs. [0051] Further, not only a speech

signal but 180 a4 diosithl ad B sed d_RHESSIGNANSCEbriingdaHe drasshtinventdsalels also
possitije tggmplAhafarfigeratian wawbiehthe presankinvemndion isiappliechitas b oredictien

residual signal instead of an input signal. 20 [0052] The coding apparatus and decoding apgaratus

according Wiffe presERPRShiBISEAR b midlistedas H tormmumBdidh e fminar i sarafus BAl base

station appaAYS ithd RIPHHe aampIgalon SIS $othadtiaRessiiiecto provide a communication
terminal apparatus, base station %%%aratus and mobjile communication system havi?g the same

operationdl 35 ffect a8 TaBEve. fOBE3} Althdudtiacaldshad F5der Feseribed withl the!BBowd et
embodimesnhas amexampleybera dhg wasent invention is implgmertetb Wl hardwiage pihe present
orosurt i ERGGH e 50 Dol A IARGL AL, GG A A HEL oGy and making fhe
informationguyecessing 3eetiomexeculs this peagran; jirs pessibiede inpleniant theseimeaturiation as
the Codingu%%%alé%tut%gcgiogrgiaqgetlcc)é[fg?(ﬁr;gsetrg)t i&veergir%g'e%tz 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 a 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
25 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 invention in a
30 programming language, storing this program in a memory and making the
information processing section execute this program, it is possible to

implement the same function as the coding apparatus according to the

present invention.



[0054] Furthermore, each function block employed in the description of each of the aforementioned
embodiments may typically be implemented as an LSI constituted by an integrated circuit. These may
be individual chips or partially or totally contained gn a single chip. 5 [0055] "LSI" is adopted here but
this may also be referred to as "system LSI,- "super LSI,- or -ultra LSI" depending on differing extents
of integration. [0056]Further, the method of circuit integration is not limited to LSI.s, and
implementztidhtsing Wabiceeer sirctaeh ofugeriéeal fuasdsecprodessatsi 10t alste posgitienAfiér LS|
manufactuge yiliaRn sfanEREAJRIEIRRampgefale A AL ajeqaniauiabip by ogessor
where connections and settings of circuit cells in an LSI can be reconfigtred is also possible.
[0057]Furtherl# Integratiy el teehiplegyaisthes isutito replhced 8las & drdsuidofahehips

advancement,af-eMicandusiar e chnology.or gﬂl_gdsqri%qgvg}g?er technology, it is naturally also

possible to carry out function block integration using this techn logy.Application of biotechnology is
also possibi 320058t The Hiseidenie of hapantse HrtermApphtatioh NosZo0Ted53508s fifld§ oh March

2, 2007, inclydingthe specifigagion, dwings and abstragt: 20is inperperatedihereiny wiprgnee in its
entirety. Industrial Applicability [0059]The present invention is suitable 1o a coding apparatus that
encodes spbéBie&EHERMNd audio signals, and a decoding apparatus that 25 decodes these encoded

signals. 180@kAIMSF urthe Gading apparaiysdhatymodels ans RNFAdes & fTeRLEngY SPEGTH with a

plurality of fixed waveforms, the apparatus comprising: a shape quantizing section that

searches R AGEAEBHEL HASHONS BEISSERAGES OF HE e @ aFSRTMsP RFHRCA §ARGEARIENG
section that enpasdesogaing of tha fixad waveiRiMSfacture, utilization of an FPGA (Field

Programmable Gate Array) or a reconfigurable processor where connections
and settings of circuit cells in an LSI can be reconfigured is also possible.
[0057} Further, if integrated circuit technology comes out to replace
LSI's as a result of the advancement of semiconductor technology or a
15 derivative other technology. it is naturally also possible to carry out
function block integration wusing this technology. Application of
biotechnology is also possible.
[0058] The disclosure of Japanese Patent Application No.2007-053500,
filed on March 2, 2007, including the specification, drawings and abstract,

20 is incorporated herein by reference in its entirety.

Industrial Applicability
[0059] The present invention is suitable to a coding apparatus that

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

25 decodes these encoded signals.

30



wherein, upon searching for positions of the fixed waveforms in groups, the shape quantizing section
sets amplitudes of a fixed waveform group to search for later, to be lower than amplitudes of a fixed
waveform group searched out 10earlier. 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. 15 3. The coding apparatus according to claim 1, wherein the shape quantizing section searches
for the positlefi$Mfthe fixed waveforms using a predetermined amplitude. 20 4.A coding method of

modeling and encoding & frRAkEREY: BRECHUMWIERR Rl ality. o4 fixedinaneformsthe methody,

comprising: .a shape quantizing step of searching for and encoding positions and polarities of
the fixed wabe¥satisy &id & ghilt tualitizitg e oP eridsdisg §awisidfthe fixed waveforms. 25wherein,

upon searching for pogitipasyet.theAixgdswaysforms iLareHes the Shprs QHANLIZING SISR GoRprises

setting_amplitudes of a fixed waveform group to search for later, to be lower than amplitudes of a fixed
waveform Broti earthebe ok edritgyy eforms; and

a gain quantizing section that encodes gains of the fixed waveforms,

wherein, upon searching for positions of the fixed waveforms in groups.
the shape quantizing section sets amplitudes of a fixed waveform group to search
for later, to be lower than amplitudes of a fixed waveform group searched out

10 earlier.

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,

13
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.
20 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,
25 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 lower than amplitudes of a fixed waveform group

searched out earlier.



