WD 2006/ 107838 PCT/ US2006/ 012232 1 SYSTEMS, METHODS, AND APPARATUS FOR

H GHBAND TI ME WARPI NG RELATED APPLI CATI ONS [ 0001] This application clains
benefit of U S. Provisional Pat. Appl. No. 60/667,901, entitled "COD NG
THE H GH FREENG%:BAND OF W DEBAND SPEECH, " fil ed Aprl;éTn}sz 0%%9%0 Thi s
application also clains benefit of U S. Provisional Pat. P

60/ 673, 965, entitled "PARAVETER CODI NGIIN A H GH BAND SPEECH CODER, " fil ed
April 22, 2005. FIELD OF THE I NVENTION [0002] This invention relates to

T o O, SARITRRE AR R CeS BT BRI bl 2 ©

bandwi dth to the frequency range of 0 kHz. New networks for v0|ce
comuni cati ons, such as cellul ar téWéﬁﬂ%ﬁ@ and voice over IP (Internet
Protocol, VolP), may not have the sanme bandwidth limts, and it nmay be
desirable to transmt and receive voice communi cations that include a

w deband frequency range over such networks. For exanple, it may be
desirabl e to support an audi RELAGWIEAPPLICAPEONRat extends down to 50 Hz
and/or up to 7 or 8 kHz. It may also be desirable to support other
applications, such as high-quality audio_or audi /V|deo conf erenci ng, that
my have alWW] s Bicrplshes AR bPatgEd Sdtreritent e ApalinNG BasT SBsT

limts. [0QQdded=daNMN e IGIEFRADUENCY BANTEOFVITSESRRECIPEREer i nto
hi gher fregﬂenm es ng nprove int eI ligibility. For exanple, t he
g

i nf or mat i odilechaprildi £9 appligationialsaclaimsbensfiicaf (8. Previsignal Pat Anps | ar gely
|0 opne N oivd /a%eg@d S PARANGEPHR REING [PX HGIPBANTHSPHECH! her
qualities o eec suc as’ presence exanple, even a v0|ced vowel

may have spMDEEI’fMWMaﬂOQﬁbove the PSTN limt. V\Q 20061107838

PCT/ US2006/ 012232 2 [0005] One approach to w deband speech codi ng invol ves
scaling a narrowband speech B‘iﬁﬁﬂq@Ft’ﬂfﬁ]Wﬁﬁﬁl\g one configured to

encode the range of 0-41kHz) "t'0 cover

s‘“o

[0002] This invention relates to signal processing.
BACKGROUND

f0003] Voice communications over the public switched telephone network (PSTN)
have traditionally been limited in bandwidth to the frequency range of 300-3400 kHz,
New networks for voice communications, such as cellular telephony and voice over IP
(Internet Protocol, VoIP), may not have the same bandwidth limits, and it may be
desirable to transmit and receive voice communications that include a wideband
frequency range over such networks. For example, it may be desirable to support an
audio frequency range that extends down to 50 Hz and/or up to 7 or 8 KHz. It may also
be desirable to support other applications, such as high-quality audio or audio/video
conferencing, that may have audio speech content in ranges outside the traditional

PSTN limits.

[0004] Extension of the range supported by a speech coder into higher frequencies
may improve intelligibility. For example, the information that differentiates fricatives
such as ‘s’ and ‘f’ is largely in the high frequencies. Highband extension may also
improve other qualities of speech, such as presence. For example, even a voiced vowel

may have spectral energy far above the PSTN limit.



t he wi deband spectrum For exanple, a speech signal may be sanpled at a

hi gher rate to include conponents at high frequencies, and a narrowband
coding te i be reconfigured to use nore filt 1508 i.ci.ents to

r epr esent C{}ﬁizsg&\%o@%and signal . Narrowband codi ng techﬁ{cquesg%{?c Z?i;s CELP
(codebook excited linear prediction) ake conputationally intensive,
however, and a wi deband CELP coder nay consune too nmany processing cycles
to be pracli06sl ©oe apmoachiwbidebangrapesshisedingiyetigestalinpt hasewsnd. Encodi ng
the entire spectr.um of a w deb i t i gl dsking such a
t echni que ?‘ngc Godie techpiops % ﬁ{r%%ggfé%[} g[i)ﬁoyeﬂfcg‘}cggéflaﬁg‘érj%f;t}sje dll_i;r%y[‘:?angv{l dt h.

MNor eover, theadnashand fgc@lims dothexampkne oghech € g alay be sdroplbdatradujghier ede bef or e

even its narrowband portiqn could he transmtted. into andlor decoded by a
Syat em ¢ hatd IBFIGE CopomBIt & gt FENATER: BSLH Do OO e BRSEe S Bach ¢ o

w deband Sfé%mlgnu?&%'age IR NS SoctiidiErRPR) preia ihiewidBhabkaad. spect ral

envel ope fromthe encoded narrowband spectral envelo Wiile such an

] -e' * (]
appr oach nifrrbebindsioding tachaiqugstsieiuas (Cﬁé@@a%équﬁed@a%mﬂ‘iq@amem thout a
need for transcoding, . . nect Edi@ithe &lor uct ure of
t he hi ghbaﬁ%fn 5%? n%lﬂ%ﬁ%@lg&?%&%&ﬁsm gn‘g@%@ﬁ\éﬁé@ﬁ?dﬁﬁéﬁt be ?)r edi cted
accur at el y nfanp procémingpgdes @lbe peavtied] dpenaly mételepad obwbembbddet ti on. [ 0007] It

may be desiragple to_inplenent w deband ee ' S . al | east the
nar r owband PRICEHG- Efﬁ‘%i@r%ﬁ&l&&%apeg é’?g&%@e%%é&)%é{r%? t %‘?%H%%é‘%ﬂ@arromband
channel  (sHEPsidh adediSiNe egnnrellgadub omdccdptabiiacadiimgesse irbdnéwidsi.gni f i cant
nodi fication. Efficiency of the w %gq?and COdlﬁﬂ% ext.ea%l ﬁ’n mag .tal so be
desi r abl e, Maeovex itpiceding 6f sughan gucpded §gnal Moyl O TRIEL PEIOTT WPAE number of
users that lhGBeidibe tARRhitiERitPME/or AcdedBy Whystdreaat eay | ul ar

tel ephony-gﬁy\%ﬁgﬁgﬁli ng over wired and wirel ess 3(’:hannel s. SUMVARY

[ 0008] | n cmgoesbadbwiemt codingret hod of signal processing including encoding
a low frequency portion of a speech signal into at |east an encoded

| owband exghfoad | Bhutdl Pldch¥o@ihg ivehanekifapblathg fhar anet er s;
generat i ng(ig&ﬁ; g%glé)nggg@(%ﬁcg??ggdesi gn%l ° bgse%l on the elril)code%l | owband

exci t at i on highamd spedthe emesldpedroa Ho enensedivrstovdaadsnepigal enyRlers: dVREE t o at

| east the highband excitation_si . Lah- L@WiRbutzhe WO
20061107538 R PPE3T0BRD 1o Spong E it b Lo B AR BRRD ah@RiRnean?, 1T
of hi ghbang,efd {dr 8andadiagRheERrse spectrhl avepphiadprndng structure of the highband

portion of a speech signal generally cannot be predicted accurately from the spectral
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envelope of the natrowband portion.

[0007] It may be desirable to implement wideband speech coding such that at least the
narrowband portion of the encoded signal may be sent through a narrowband channel
(such as a PSTN channe]) without transcoding or other significant modification.
Efficiency of the wideband coding extension may also be desirable, for example, to
avoid a significant reduction in the number of users that may be serviced in applications

such as wireless cellular telephony and broadcasting over wired and wireless channels.
SUMMARY

[0008] In one embodiment, a method of signal processing including encoding a low-
frequency portion of a speech signal into at least an encoded lowband excitation signal
and a plurality of lowband filter parameters; generating a highband excitation signal
based on the encoded lowband excitation signal. The method also includes encoding,

according to at least the highband excitation signal, a high-frequency portion of the



encoded | owband excitation signal describes a signal that is warped in
time, with respect to the speech signal, according to a tine-varying tine
war pi ng. T, i ncl udes applying, based on information relating to
the tine mgvr%pzﬁﬁ%l%gspl urality of different time shift TR ponding
plurality of successive portions in tide of the high-frequency portion.

[ 0009] In another enbodi nent, an apparatus includes a | owband speech
encoder cepeeilytige into aclnes d plugality oF Higldgoe fittyr poamdtas. bfthis negleelthesi gnal

into at le ol o j i.anal and .a plurality of
| owband fi @g@&‘p@ﬁ@%@f@%@%‘é‘@&%ﬂ %?%é‘%g%ig%g‘p%aetg%wé‘ﬁc‘%‘gﬂ‘é RISty 1 o
gener at e atdiihgbjeecddsigxalj dcadiding ts b gnetvahydsedme wathes. Hireodrst incwband

excitation signal,. In this apparat.us he hi ghhand encoder. caonfigured
to encode épﬂ%_ﬁﬁ’-}?afeégﬂb’ﬂtwg& ge%}t}n%%o t%‘?ﬂémg TR <i éllltyioﬁfj’éfse&?m H@&st a
plurality ehiftBih&RREpdidideeiulR dEIceESiva §6@iH: Mtih®ofhe higAFHeqhdi@y hi ghband
excitation signal. In this apparatus, the narrowband speech éncoder is

confi guredPPBPBut put a regul arization data signal describing a
time-varying tine warping, with respect to the speech signal, that is

i ncl uded i npdobe epsRMAed eﬂﬁf)ﬂiﬁkﬁé‘ﬁﬁaﬁiﬁﬁnfs@ﬁél@dﬁs %h&f’l?dnd spddeh eAPRAT at us
a

includes a delay line configured to apply plurality of different tine
shifts to cenfigyradds gaende adovsilieaudncy pogpn ofje ensse signapite atdeast anencopded of t he

hi gh-frequ . : ' It ' ( | hifts are
based ?nqt E%%Eﬁ%aﬁ%z}ﬁ%ﬁ% Eﬁgﬁgﬁiﬁfﬁmﬁiﬁﬁﬁﬁ rent, an
appar at us ispe creEan oegRn i xcfta i of a speec
s!ognal into_at ‘i ast _an gencode%@i{gé\ﬁ nd_excitatio bsi nqzl and a pl urglity
of " owband P e P papd Fesaban signal e 1S pongiitis. Bt AR RAGAIEA exc tat f on

si gnal baseenfitrddis eeciededst-Bydueng poxtidnt thetypesohGipbl infond loagans f or

encodi ng a hi%ih- fre uen(H portion of the speech signal intq at |east a
plurality &frHEityabRskpand st paryastersaecoFdingogh fastibe ighband exdetion he hi ghband

exci tati on gahgnah thid dpphftbd, ABRAGBAA spdden e&B&&(i@ébnﬁ?ﬁfeQ\ﬁ@&REuteaXCi tation
signal describes a signal that is warped in time, wth respect to the

speech si gmegularigatérdsiaignad describing a timeyargng iime Wamins, with raupectapPar at us
i ncl udes - Vi ' ' (i ta . the time
var ping, & Parnray SR R RRER ARl LA B, Tt 06 bl ural ity
of successiapgar@oy intlndss 4 delayt limseoofigutrérbtoipplly -afpleglitg o€ diffeomt time shi®to
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a corresponding pluralify of successive portions in time of the high-frequency portion,

wherein the plurality of different time shifts are based on the regularization data signal.

[00010] In another embodiment, an apparatus includes means for encoding a low-
frequency portion of a speech signal into at least an encoded lowband excitation signal
and a plurality of lowband filter parameters; means for generating a highband excitation
signal based on the encoded lowband excitation signal; and means for encoding a high-
frequency portion of the speech signal into at least a plurality of highband filter
parameters according to at least the highband excitation signal. In this apparatus, the
encoded narrowband excitation signal describes a signal that is warped in time, with
respect to the speech signal, according to a time-varying time warping. The apparatus
includes means for applying, based on information relating to the time warping, a
plurality of different time shifts to a corresponding plurality of successive portions in

time of the high-frequency portion.



[00011] FIGURE In shows a bl ock diagram of a w deband speech encoder A100
according to an enbodi ment. [00012] FIGURE | b shows a bI ock di agram of an
i npl enent aW(ﬁ of wi deband speech encoder A100. 7%}@ FI GURE 2a
shows a bl oc 3| agr Bm of a wi deband speech decoder B 105 oY (HF%?@ to an
enbodi nent. [00014] FlI GURE 2b shows a B ock di agram of an inplenentation B
102 of wi deband speech encoder B 100. [00015] FI GURE 3a shows a bl ock

di agram of an i npl enent BRIBK DESCRIPIAON OF JHE BRAWAYGS. [ 00016] FI GURE 3b
shows a bl ock diagramof an inplenmentation B 122 of filter bank B120.

[ 00017] FI %ﬁﬁ s ] f ands for
one exanple ogf?:I?ter %ﬁﬁa%%a%g%kaﬁmﬁd%@%%%%& g&Ib"gir})é)\t/)\,i dth

cover age ofactdréing cvaregmbdifigentbands for another exanple of filter bank A
110. [00019] FIGURE 4c shows a bl ock diagram of an inplenentation All4 of

ol enen adPuAE Frot R0 Aol e b BN Rl S St BRI bEhicRan

exanpl e of spedeh@hcodbr At@yuency vs. |og anplitude for a speech signal.
[ 00022] FI GURE 5b shows a bl ock diagram of a basic |inear prediction coding

of “nar r oubd M FIGHNE 20450 0 St st a0 e espB08 B99351005 | 00024

FI GURE 7 shpy&diaeld acknsbdgegm of an i npl enentation Bl 12 of narrowband
decoder B110. %025] FI GURE 8a shows an exanple of a plot of frequency vs.

CRGRr S E s

speech encoder B100.

[00015] FIGURE 3a shows a block diagram of an implementation A112 of filter bank
Al110.

[00016] FIGURE 3b shows a block diagram of an implementation B122 of filter bank
B120.

[00017] FIGURE 4a shows bandwidth coverage of the low and high bands for one
example of filter bank A110.

[00018] FIGURE 4b shows bandwidth coverage of the low and high bands for another
example of filter bank A110.

[00019] FIGURE 4c shows a block diagram of an implementation A114 of filter bank
Al12.

[00020] FIGURE 4d shows a block diagram of an implementation B124 of filter bank
B122.

[00021] FIGURE 5a shows an example of a plot of frequency vs. log amplitude for a
speech signal.

[00022] FIGURE 5b shows a block diagram of a basic linear prediction coding system.

[00023] FIGURE 6 shows a block diagram of an implementation A122 of narrowband
encoder A120.



resi dual signal for voiced speech. [00027] FIGURE 9 shows a bl ock di agram
of a basic linear prediction coding system that also perfornms |ong-term

predictio FI GURE 10 shows a bl ock di agram of I tation
A202 of h%%[é@g@%%esncoder A200. [00029] FI GURE 1l showgegwggﬂglgﬁﬂgﬁagram of

an i nplenmentation A302 of highband exxitation generator A300. [00030]

FI GURE 12 shows a bl ock diagram of an inplenentati on A402 of spectrum

ext ender A00824] [FIGORE 7 shamsReblackdiagiansf pn istpderamntaiogddl 1 2obaawevwbaad vari ous
points in 208 e?ﬁwl e of a spectral extension operation. [000321 FI GURE
12b shows ﬁf:o(%s Of 'signal spectra at various points in another exanple of
a spectral extension operation. [00033] FIGURE 13 shows a bl ock di agram of
an i npl enel00025] FFIGABUEZ 8 psholwis ghlbsandple efaplotafiftequepss os.dog nmpBiode fr80034]

FI GURE 14 Sh@‘ﬁ@ a %I ock.dida rag1 of an inplenentati on A306 of hi ghband

exci t at i onYEWRFERY oSS S?‘Eﬁﬁ 35] FI GURE 15 shows a flowchart for an

envel ope cal cul ation task T100. [00036] FIGURE 16 shows a bl ock di agram of
an i npl enefodoad] oFIGLERE 8 shoovriainreampld 802 pMHAGHGEY ] g3 IREIEIfiS?0061012232 6
[00037] FIGURE 17 il]ustrates an approach to cal culating a neasure of

peri odi ci t§Fsigeal signgipayiic '%T‘F&ﬁ' S30. [00038] FI GURE 18 shows a bl ock

di agram of an inplenentation A312 of hi ghband excitation generator A302.

[ 00039] FI [@oRE] 18IGURES shov Dblisciddiagant abadnliieappedietivmtodins sy3tkdh of

hi ghband excitation generator A302. [00040] FI GURE 20 shows a bl ock

di agr am of tharRlSoRSHEFBh AL I KRG hi ghband excitati on generator A302.

[ 00041] FIGURE 21 shows a flowchart for a gain calculation task T200.

[OPO4i2] FI fgoEs] 2R1GUTeM S0 ghdwstvWibek diagrh ofish infildeTniontAamn of Bipfibaid gai n
cal cul ati1 on

encoder A200.

[00029] FIGURE 11 shows a block diagram of an implementation A302 of highband

excitation generator A300.

[00030] FIGURE 12 shows a block diagram of an implementation A402 of spectrum
extender A400.

[00031] FIGURE 12a shows plots of signal spectra at various points in one example of

a speciral extension operation.

[00032] FIGURE 12b shows plots of signal spectra at various points in another

example of a spectral extension operation.

[00033] FIGURE 13 shows a block diagram of an implementation A304 of highband

excitation generator A302.

[00034] FIGURE 14 shows a block diagram of an implementation A306 of highband

excitation generator A302.
[00035] FIGURE 15 shows a flowchart for an envelope calculation task T100.

[00036] FIGURE 16 shows a block diagram of an implementation 492 of combiner
490.



task T200. [00043] FI GURE 23a shows a di agram of a w ndow ng function.
[ 00044] FI GURE 23b shows an application of a window ng function as shown in

FI GURE 23 nmes of a speech signal. [00045] FI a bl ock
diagran1fgwbg%%ﬁﬁ%ﬁgnentation B202 of hi ghband decode?yﬁggéﬁmﬁ§8%26]

FI GURE 25 shows a bl ock di agram of an 6 npl enentati on ADI O of wi deband
speech encoder A100. [00047] FIGURE 26a shows a schematic di agram of an

i npl ement g0068Y] DAIGPTRE 1 Hidlustyates| anappachOo cplodiows] 2 PEGURPIPsHOEHENR, a
schemati c di,agr am of i npl ementati on D124 of delay |ine D120. [00049]

FI GURE 27]§ﬂ§aggﬂg§%ﬁgﬁatic di agram of an inpl enentation D130 of del ay

| ine D120. [00050] FI GURE 28 shows a bl ock diagram of an inplenentation
AD12 of wi[deés8)dFIGEFae thshensaddockAlgton of D ippbaienoTies S 3P2pf highmd/ 012232 7
[ 00051] FI GURE. 29 shows 3 ilomchart of a method of signal processing MD 100
accor di ng PEHPIETBIACHEA?% [00052] FI GURE 30 shows a flowchart for a

met hod MLOO according to an enbodi nent. [00053] FI GURE 3la shows a
flowchart [0003® FEIURE 19RRsactdarkdiiaggar of amimpleritiition 31406 bighgndF|l GURE 31 b
shows a flowhart for an_joplementati on M210 of nmethod M00. [00055]

FI GURE 32 @Wﬁﬁgmémﬁ@ﬁﬁ%ﬁébgpfor a method MBOO according to an enbodi ment.

[ 00056] In the figures and acconpanyi ng description, the sane reference

| abel s ref gpp40] FIGERS a0EhdWs snadkatiagism ef anetlenonationhflbof highfandl ED
DESCRI PTI ON [ 00057] Enbodinents as described herein include systens,
met hods, afigitaiipegenegior A302. |

[00041] FIGURE 21 shows a flowchart for a gain calculation task T200.

[00042] FIGURE 22 shows a flowchart for an implementation T210 of gain calculation
task T200.

[00043] FIGURE 23a shows a diagram of a windowing function.

[00044] FIGURE 23b shows an application of a windowing function as shown in
FIGURE 23a to subframes of a speech signal.

[00045] FIGURE 24 shows a block diagram for an implementation B202 of highband
decoder B200.

[00046] FIGURE 25 shows a block diagram of an implementation AD10 of wideband
speech encoder A100.

[00047] FIGURE 26a shows a schematic diagram of an implementation D122 of delay
line 120,

[00048] FIGURE 26b shows a schematic diagram of an implementation D124 of delay
line D120.

[00049] FIGURE 27 shows a schematic diagram of an implementation D130 of delay
line D120.

[00050] FIGURE 28 shows a block diagram of an jmplementation AD12 of wideband
speech encoder AD10.



that may be configured to provide an extension to a narrowband speech coder
to support transm ssion and/or storage of w deband speech signals at a
bandw dt h J of only about 800 to 1000 bps (bit ).
Pot ent i al ‘*éﬁ\%@ﬁft?%:éss of such inplenentations include Z’ﬁﬁ@{%@@&g% ing to
support conpatibility wth narrowband Bystens, relatively easy allocation
and reallocation of bits between the narrowband and hi ghband codi ng
channel s, [a8013i FIGURE2hyowva kiflomshirtof amethed ofsigiatiploegsding MIP H¥s | s
operation, and. naint a‘t)(gdan%a | ow sanpling rate for signals to be processed
by conput &EFBARLIY R PRPERLYFYe wavef orm codi ng routines. [00058] Unl ess
expressly limted by its context, the term"calculating"” is used herein to
i ndi cate gng032] FIGIURE 80 sty afeachayfor asnetiioddd 1@bavpotdingge agener at i ng, and
selecting from a list of values. Were the term"conprising” is used in
the preserffRPdERstiption and claims, it does not exclude other elenents or
operations. The term"A is based on B" is wused to indicate any of its
ordinary npeesy)ISIGURIE b Lihbgs b llewereessr § imethod M200egemtingoo B  and (ii) "A
is based on at least B." The term"Internet Protocol" includes version 4,
as WD 2006MAIRELPCT/ 1JS2006/ 012232 8 described in | ETF (Internet
Engi neering Task Force) RFC (Request for Comments) 791, and subsequent
ver si ons sjggiis4SENRIRE 81 fhowk 42R9RhartfoCurimplamehiaivh M210 cfakethodagr am of a
wi deband speech encoder A100 according to an enbodinent. Filter bank A 10
is configuM8dlto filter a w deband speech signal S10 to produce a
narrowband signal S20 and a hi ghband signal 830. Narrowband encoder A120
i s confi gufBhsdCRRAGEES2 BRIW VAN 28 FathahetRROMBO0 Ricoflligeto anar r owband (NB)
filter par(arret grs S40 and a narrowband residual signal 550. As described
i n furt hereneadinénther ei n, narrowband encoder A120 is typically configured
to produce narrowband filter paranmeters S40 and encoded narrowband
exci tati onrggpgha RS afPg RSSO, thdkatRQsBRACEIMBA fef@do f Or m
Hi ghband eh@g%@rhﬂgéglus con??gg#gid%to encode hi ghband signal S30
accor di ng the shmé or armldgons ¢lememeokégalsnar r owband excitation signal S50 to
produce hi ghband codi ng paraneters 560. As described in further detail
her ei n, hi ghband encoder A20Gyy " dorRfAADNguUred to produce hi ghband
codi ng paraneters S60 as code %'gﬁil ngfj)gées or in another quantized form
One particul ar exanple of w deband speech encoder Al00 is configured to
encode w d{isasT] Epdedimenisgnabscb@l kereiminchide systeras srgthods.58d RPSENEK | obi t s
per Seco nd)d'iat may be configured to provide an extension to a narrowband speech coder to support
transmission and/or storage of wideband speech signals at a bandwidth increase of only
about 800 to 1000 bps (bits per second). Potential advantages of such implementations
include embedded coding to support compatibility with narrowband systems, relatively
easy allocation and reallocation of bits between the narrowband and highband coding
channels, avoiding a computationally intensive wideband synthesis operation, and
maintaining a low sampling rate for signals to be processed by computationally

intensive waveform coding routines.

[00058] Unless expressly limited by its context, the term “calculating” is used herein to
indicate any of its ordinary meanings, such as computing, generating, and selecting from
a list of values. Where the term “comprising” is used in the present description and
claims, it does not exclude other elements or operations. The term “A is based on B is
used to indicate any of its ordinary meanings, including the cases (i) “A is equal to B”

and (i) “A is based on at least B.” The term “Internet Protocol” includes version 4, as



w th about 7.55 kbps being used for narrowband filter paraneters S40 and
encoded narrowband excitation signal S50, and about 1 kbps being used for
hi ghband cQgi 04284 amet ers 560. [00060] It may be desi ine the
encoded narrowba ? and hi ghband signals into a singl eP@‘fbe@éﬁg@ gBFor
exanple, it may be desired to nmultiplek the encoded signals t oget her for
transm ssion (e.g., over a wired, optical, or_wreless transm ssion

channel ), deg¢ritedin B¥ 137 ﬁgfémeb;@ng@we@m&wwowehsﬁﬁr(Ee@}sefefethmgmus) TR} GURE | b
shows a bl gogept ation A102 of wi deband speech encoder
A100 t hat #ﬁ%?b%gg&g%n@ ti girgérr A130 configured to conbine narrowband
filter paraneters $40, encoded narr owband excitation signal S50, and

hi ghband 0P laé}la?c’feﬂeqslmvvsa@lcic&nd@ﬂgs@mﬂﬁﬁwidpbme@:hgn@qdesamo [ 00061] An
appar at us | A nfigured to
el R e e S R e R

Wi red, optspeaih m@nﬁl S W togk@duse & harovedand Sgodl S20 aapphighband sigayl $80so be

configure erform.o hannel enco ons .on the

P onar . o irerlun fhtbaehR 1 Bhis PO O ar Gt RGN bR b SO APANE

convol uti Omlou%aﬁp (A 1ieR PakaRkteRl 940Tand 8 haedwind eashd] fgha 85@. As cyclic WO
2006/ 107838 PCT/ US2006/ 012232 9 redundancy_ encodi ng), and/or one or nore
| ayers of dreetifdin Prbendsril keseindiapgwhadgncoderAd2Q Wévplcaiwmgur@fatﬁa2000)

[ 00062] It I &30 to enbed
t he enco ngﬁhrgggﬁﬁér{g sFSR&%&I?t?}r%CSM Bg#ﬁéﬁ%grrovﬁgﬁ fe)&? é%dn%}%ngprret ers $40
and encodeBb0 asapdehablngtices of inanpther giagtivatl f@50)HighbadsagpaleadP@ isubst r eam of
mul ti pl exed 570 nal nmay be
recovered aﬁ]ﬁgggggd n(§° ﬁéééﬁl S%B%?C%QCE% ﬁ’qn%%gt?%ﬁgg O%E%I tipl exed
si gnal S?OnambaﬂSezmthm@Mgmdsmwtd/pmdub@mghmldso@ﬂgparam%rs Ssoaupl e,

mul tipl exe si, al S70 may., be arr t t he encoded _narrowband
si gnal Hdeﬁélg‘??lpm 8‘g lbWB’:S ¢qnfigted ur anet er s
560. 016 heéhb&@h/@&ﬁm@ﬁet&yséo & Joa@douk endides bPindnBingr dlagtizaed for

t ranscodi ng)@@ encoded w deband signal bhefore passing it to a systemthat
supports d&ssdOng patticelaeexample Gwheehand sngeeh enspder #d09 isronfigypdey t decodi ng

Ry
of the I oghaach, Q06 106! SR80k, 95 e ekl 2a: 304k, @ W deband
speech decé}gﬁ1 %B&dd% eech %ﬂﬁ to an E%) glorrent lﬁar@r V\L?ﬁ% deoco)éler B110 is
conf i gur edwith alkext 356 khps bemml&ndl for narrowband filter parameters S40 and encoded

narrowband excitation signal S50, and about 1 kbps being used for highband coding

parameters S60.

[00060] It may be desired to combine the encoded narrowband and highband signals
into a single bitstream. For example, it may be desired to multiplex the encoded signals
together for transmission (e.g., over a wired, optical, or wireless transmission channel),
or for storage, as an encoded wideband speech signal. FIGURE 1b shows a block
diagram of an implementation A102 of wideband speech encoder A100 that includes a
multiplexer A130 configured to combine narrowband filter parémeters 540, encoded
narrowband excitation signal S50, and highband filter parameters S60 into a

multiplexed signal S70.

[00061] An apparatus including encoder A102 may also include circuitry configured to
transmit multiplexed signal S70 into a transmission channel such as a wired, optical, or
wireless channel. Such an apparatus may also be configured to perform one or more
channel encoding operations on the signal, such as error correction encoding (e.g., rate-

compatible convolutional encoding) and/or error detection encoding (e.g., cyclic



filter parameters S40 and encoded narrowband excitation signal S50 to
produce a narrovx/oand signal S90. Hi ghband decoder B200 is configured to

decode hi ghh odi ng paraneters S60 according to a xcitation
si gnal S80 /10 on encoded narrowband excitation si gfﬁlg{[@é@%&qy’g produce

a hi ghband si gnal S 100. In this exarﬁ)l e, narrowband decoder B110 is
configured to provide narrowband excitation signal S80 to hi hband decoder
B200. Fi | tredunansly eBIRNg) sandiomPhgor mere dayesseinriverk prafacoldneading (ehal S90 and

hi ghband n uce a w deband speech signal sil o [00064]
FI GURE 2bs¢tg rget %%@Qd‘?glgr n?of an inplenentation B 102 of w deband speech

decoder B 100 that includes a denultiplexer B 130 configured to produce
encoded  S060G] St 5149 be S5frabla rﬁd." 1B@0plerah l30ite bmwtiledredit@ eabed3®. An

apparatus 1ncl udin code 2 ma ne i f ed to
recei ve mf’f? %}ﬁ g“’%@r‘@ d?‘%ﬁﬁmﬁwib ?%dnilsﬂ%? &5 o%%é %%lnone %mh as a
Wi r ]ged Opéﬂﬁewbaqexmtﬁtme@m Aeh scpfabla sgh&ktxafjxp@f amw,plemmgahlssaobﬁ
configured to performone or nore ann eco e n.the
si gnal , suwgh thaet e pragod %?anBﬁlns‘ﬁ'e"g r‘i"@"?j"‘é a’?daé@ é:?(aﬁlrfﬂ‘g“tPF atly
convol uti ogy hot@la%%&ﬂaf mlﬁ é;&rd s?gn'épg7()ds,%l?£std 1ABhtH88 aRd/Bllo(Bar signal/ C| i ¢

redundancy decoding), one or nore |ayers of network protocol

decodi ng (Eorgxamﬁc,mmlﬁehexedrmal $70 @wnhezowge sich Hino e ogsisd

PCT/ US2006 i ilter an
i nput sig néa?‘%%%gdr sd%n% h‘tgg % ﬁlco{': rl;& E‘EHK% ﬁv@#gh% g‘g%?%ufg'é& gga%\%f ésr equency
subband angkta (bneqiotdnhelcademﬂggesxﬁ blbzlnrvcfeatu@ep'em?mdgh@neeﬂrfer toans¢agingdhe teria for

the particul a I|c ti on, he out t sub or unequal
bandwi dt hsmﬁﬂéedﬁ@ge%e S\FE? bgt%er P@S]B A SVET %Pg’%t %Oﬂy&\ég%lﬁg?gthr ation of
filter bankrAwbiid &ibad by ddsit@Suppoiialet ditimg dfthe mgbm:l@srtmm. al so possible.
For exanple, such a filter bank may be configured to produce one or nore

| owband si u 0 onen regue t hat of
narr owbandfbgﬁ@ﬁ H&%%é? @&ﬁ ‘%Pm%{fp%%g dé\%%"ie" ??&?a&&{ possi bl e
for such ay dhiehitBlinkan KNirfowtRng aéta‘ougtmad i¢ eonpipedd cedanee mirrowbasd addi ti onal
hi ghband signals that include corrponents in.afre 5 ency ran%e above t hat

of ~hi ghbanfilteripgractess®q adcrcersd aarrevibagd cxtitation signal gl SHPogictfs- 32k1i z). I n
such case, % g@ggﬁeﬁ?ﬁg F@Eﬁ&ﬁﬁdecéak%zo@ﬁ%o réﬂ)ﬂo%%ﬁqu gnencode this

signal or g g parate mul t1 pl exer Al3 may be COan gured to
i ncl ude t heodigirparinssiat S60 eavstingsiogmatrowbansi egnla&t@nlsmn 80} Ppases ol :

encoded narrowband excitation signal S50, to produce a highband signal S100. In this

example, narrowband decoder B110 is configured to provide narrowband excitation
signal $80 to highband decoder B200. Filter bank B120 is configured to combine
narrowband signal S90 and highband signal $100 to produce a wideband speech signal
S5110.

[00064] FIGURE 2b is a block diagram of an implementation B102 of wideband
speech decoder B100 that includes a demultiplexer B130 configured to produce encoded
signals $40, 850, and S60 from multiplexed signal S70. An apparatus including
decoder B102 may include circuitry configured to receive multiplexed signal S70 from
a transmission channel such as a wired, optical, or wireless channel. Such an apparatus
may also be configured to perform one or more channel decoding operations on the
signal, such as error correction decoding (e.g., rate-compatible convolutional decoding)
and/or error detection decoding (e.g., cyclic redundancy decoding), and/or one or more

layers of network protocol decoding (e.g., Ethernet, TCP/IP, cdma2000).



signal S70 (e.g., as a separable portion). [00066] FIGURE 3a shows a bl ock
di agram of an inplenentation Al 12 of filter bank A110 that is configured
to produc nd signals having reduced sanpling Eilter bank
Al 10 is g?éﬁ@&@@Q$§ recei ve a wi deband speech si gnal Eﬁ@@gﬁ%ﬁ9‘%5a hi gh-
frequency (or highband) portion and alfowfrequency (or |owband) portion.
Filter bank Al112 includes a | owband processing path configured to receive

wi deband JpeMsh Hiteybank AS10 5 canfigures toddignaringuirsignabanserdinsde @lsplt gnal 520,

and a hig ' I [ =y | speech

signal S 1 ﬁggﬁeﬁgﬁﬁégﬁ%@qﬁ#gﬁﬁg%g g@%@ aﬁcg? gﬁgﬁfeégﬁi%g%ggs filter 110 L
filters wilgpenadidg sptechsign gritatia 8t Chet partipabs applisetieg thedutjuosebbaetyweayc y
subband, and hi ass filter .130 filters w.deband speech signal S 10 to |
pass a seﬂ'@(‘f‘f 8@&8@&%‘@5@6&%?@0‘3@3 BELARRINE PFRROL B%?':\‘g‘ ‘gi gnal s have |
nore  nar rwiRanshM sitier bk Wodeh prudiusfess s ieh gRakubbiflds it lieb r sanpl i ng

rates can be reduced to sone extent w thout |oss of |nformation.

Downsanpl etossible. Ferrrasples pich adilieppankgnavdieecopfigyrpbto Rgge 898 PIGAYE accor di ng

to a desir dech alp B g-Tol & Encdhts i | gfof the signal
and/ or rep]?grgl ng @%@géﬁw t%ﬁrg\%er aggn?ﬁegi@@?ﬂgﬁ%bagﬁga | er 140

| i kewi se rrediwband fignab 82 (sietasrtbe rmnpd of Ie306; i p Hds alse peraiblefer icliang t o
anot her degired .deci mati o 0 %&Eﬂ ck di agram 1
of a corr e@t)eéﬁa?l?]tﬁ(ﬁe%?%3%4%%%&%&%2&%416 F(qu er %glﬁ%%g\é%ﬂgls ta-hgsarrpl e? 150 L

!

i ncreases jntladsesipionags ined fequiénsyanngedbaveithst o highbn@ 200631DE8S8as a

PCT/ US2006/ 01223 1 0 (e.g. y. zero-stuf.fi.ng.and/.or b i cating
sanpl es), %H%F‘?zf P siﬁ'sg’lorrégagé%kF'i ]f"tS@?gcas?’%dfpﬁggﬁ%ﬁegbe@f’éﬂgﬁ% o pass only
a | owband Rgy bd RplérReried tolefeddt @IS HEnA bASENG seFmJaielgemcsmulﬁ psanmizer 170

i ncreases the sanpling rate of highband signa 10Q and i.ghpass filter

180 fi | t ermay heconfiswiep feickiy headdigopn sacodrd sienal pr amina HEERFSY. The two

passband sj. £ Lhe éﬁﬂfﬂfﬁ form wi deband speech signal S110. In
sone irrpléel%{e}‘ztbz(%l&b%?’s of QIéiﬁgcod r IBI.SPOO, filter bank B120 is configured to
produce a wei ghted sum of the two passband signal s accordi n_lg% to one or

nor e wei ghl0§06@ cEIGIRE anehots a tledkdidszae af #yimplapmiation ddd@bfilieiank A
configurati f i t i £ : W, fgassband
i gnat’s | soaleBes s R Mand SR BRI g Rl taisE =< 0
180 may beFilwepbaakeyitlods asnged tonedetveianpidttsad speeclpsipse S{Fh®)ing a higkr or as an
Infinite-| fr;epcllﬂeﬁgy; oﬁﬁfggggﬁ) fxl)rltioR ar];dAfo%tfreqﬂggcyf(gﬁ%\%%gr?% portion. Filter bank

A112 includes a lowband processing path configured to receive wideband speech signal

S10 and to produce narrowband speech signal S20, and a highband processing path
configured to receive wideband speech signal $10 and to produce highband speech
signal S30. Lowpass filter 110 filters wideband speech signal S10 to pass a selected
low-frequency subband, and highpass filter 130 filters wideband speech signal S10 to

pass a selected high-frequency subband. Because both subband signals have more

narrow bandwidths than wideband speech signal S10, their sampling rates can be
reduced to some extent without loss of information. Downsampler 120 reduces the
sampling rate of the lowpass signal according to a desired decimation factor (e.g., by
removing samples of the signal and/or replacing samples with average values), and
downsampler 140 likewise reduces the sampling rate of the highpass signal according to

another desired decimation factor.

[00067] FIGURE 3b shows a block diagram of a corresponding implementation B122
of filter bank B120. Upsampler 150 increases the sampling rate of narrowband signal



responses of encoder filters 110 and 130 nmay have symmetric or dissimlarly
shaped transition regions between stopband and passband. Likew se, the
frequency WS%{R}%H&%%& of decoder filters 160 and 180 nay, @%\égmglyﬁgg%tri c or
dissimlarly shaped transition regions between stopbang and passband. It
may be desirable but is not strictly lhecessary for |owpass filter 110 to
have the same response as |owpass filter 160, and for highpass filter 130
to have t I8904age by esrpohsingandfyir bk gaplécating saspplesy@nd iIQWR?ﬁ%fﬂgSEéﬁ%flE?rs the two
filter paigys 110 0 I ' adidchter (QVF)
banks, vvitﬁ%u?sﬁwgﬁggfﬁﬂgf%sg?m]féaglgﬁgé@ gt eé'guérﬁgp%géeétfg{l%siﬁﬂeg}r)lts as filter
pair 160, I}iB8wvis¢, apQmSierl 18 incyqpiasdhe sxmilipg eate dihighiesd #ighal$l08a®l has a

passband that inclu the limted PSTN range .of =3 . .g., the
band fr omtﬁgllpéss ﬂfaqgg‘?ﬁ réﬁﬁli_‘@s%’%ﬁe%%%nailﬁc D 3Ih§fgllgelned4}8)gtrll wqgjt%hs of

wi deband spReHLLIAERGHalsHES thed Bl WD RIS wgdedbnd §2Ech sind] $il ighliasensi gnal  S30
in two different inplenmentational, exarrgl e§ In Bot hdof &hese rticular
exanpl es, iwiptrewartionpelederoder BAY: fitiepbank 8120 iscopiigygd fopradyse a

(represent] g@pﬂ@mm thlofle bi\Bork tfecdlvddunt/okHz) , and
narrombandgugﬁs;?%ﬁgﬁé%yq?gg sarrpllinggtrat% Qf08e k (r;gﬁ\rfesenti ng frequency
conponent scalduldtedbt ighband depederBZP0; & epnfipprption gffeopankBiehaxanpl e of

FI GURE 4a, there is no signjfi r the two subbands. A

hi ghband sf% ?ﬂs%eﬂ?ni‘ﬂ‘g ASSI;)a?lﬁ{g %ggsx%%gﬁogé%y (ﬁié obt ai ned using a

hi ghpass filter 130 with a passband of 4-8 kHz. In such a case, it may be
desi r abl e [00068]eBanheof tieefileantlOi b3, 168.d 80 ;ag bk ipplsyertehasafipicrimpuisie

filtered signal factor_ of . C i L O | y be
expect od +BUETEHITREAHEY % etingahd o R o e B R BS60e 012032 12
c_olrr})ut ati O{kﬁﬁoﬁ&rﬁﬂeg@!ddgyﬁﬁrs iw:gdﬂaﬁotmagdxﬁsessymgnﬂpemadlsst@tnézrbmham_ sihgn?I I
Wi nove the passband energy. down.to nge o 0 out | oss
of infor natrwmon[re&;elmetw?nﬁ%@b%dtaéﬂ Hgs[s}tazg@ @ﬁ%ﬁ%&s%ﬁ?e&ﬁﬁ%@ﬁ%ﬁ,%% he upper
and | over %&Qa&gmt%ﬁ%o 2R 1 SPREERva By BmeNR dr asinglati stidpad tridsitionegi on of

I's

3.5to 4 k escri bed by both subband signals. A hig{qb?nd si gnal S30
as in thisregiasptiavesmsibpbaodead pretbandi Kenay bepyRpleddt SOt 8FCUB0 with a
passband of 3.5 7k - e FEYoRE 2B ShERIEr 16D, afEtice the
sanpl i ng rE?CSSW]E?I%%S&I%%%%W}%??%SSﬁ% fllycfte?ed gi nal by a factor of
16/ 7. Suchhafppeiltat 130ro huk thisameyrespenseas dighpesstiiites 1 hiln ceadtample educe t he
Conpuhg\[,goﬁ%léwg% telr Se{(lrlstﬁo,o f30fa1l'1|(r1 tlgf?, 188 Iér%cq%gér%ttﬂ% ﬁﬂleoﬁ*ﬁﬁt&o(!aﬁ\/lﬁi ba}lﬂse, si gnal ,

Wil |

with filter pair 110, 130 having the same coefficients as filter pair 160, 180.

[00069] In a typical example, lowpass filter 110 has a passband that includes the
limited PSTN range of 300-3400 Hz (e.g., the band from 0 to 4 kHz). FIGURES 4a
and 4b show relative bandwidths of wideband speech signal S10, narrowband signal
$20, and highband signal S30 in two different implementational examples. In both of
these particular examples, wideband speech signal S10 has a sampling rate of 16 kHz
(representing frequency components within the range of 0 to 8 kHz), and narrowband
signal 520 has a sampling rate of 8 kKHz (representing frequency components within the

range of 0 to 4 kHz).

[00070] In the example of FIGURE 4a, there is no significant overlap between the two
subbands. A highband signal S30 as shown in this example may be obtained using a
highpass filter 130 with a passband of 4-8 kHz. In such a case, it may be desirable to
reduce the sampling rate to 8 kHz by downsampling the filtered signal by a factor of

two. Such an operation, which may be expected to significantly reduce the



passband energy down to the range of 0 to 3.5 kHz wi thout | oss of
information. [00072] In a typical handset for tel ephonic comunicati on,

one or nor transducers (i.e., the mcrophone i ece or
Ioudspeake‘??%ogéE@ssan appreci abl e response over the f?ggﬁjég@f/ﬁﬁéﬁge of 7-8
kHz. In the exanple of FIGURE 4b, the l2porti on of w deband speech signal S

10 between 7 and 8 kHz is not included in the encoded signal. Qher
parti cul arcomxmmioes cofmplexihphisisthén froagssing3epetrtieas prathe signals wif mgvesthe 7. 5 kHz

d 3.5-8 kHz. [[00073] | i i 4 di : |
ggt ween sulbfts Bée%e§g¥ OWIRE’%R%?E%%&e&%?@&@ M)dgéﬁﬁllg\f/\u?sn%gt 6‘?“r'lt (r)\\éetrjsgpof a

| owpass and/or a highpass filter having a snooth rolloff over the
over | apped[00epi]o. th&uledn 4tive eramspla pEFIGIRIE 4, Ithe wppst &d lowerhebbayds haveess

conputationally ¢ | ex, and/or intr.odu | e el t.h fil.ters with
shar per or@n aP@FQCPE%PﬁaP’PEg’&Bﬁﬁ%I?g‘ﬁP Iofgﬁ é"ﬁi‘@?ﬁ?ﬁ%ﬁa@%%ty rbgh’si tion regions
tend to haygbhidialals. S FighofesigatE30hs MBtiseauspleahdyasiobginddainghi | ters of
simlar order that have snooth rolloffs. Filters having sharp transition

regi ons nabighraseiiliend30 vt pashand af 3-e</Jeils 8 sueha case: et s hla i ng
artifacts. .k ] ; 'Tghg ' Iy by Phadordf R filters,
al | owi ng ff)erdgéf Jsléng)o hnggﬁF(t)# ove H%ﬁ*%@ﬁ?@%g‘ggwrgggngnb may glhabl e the use
of a filteil6/@r St anerperaibnsehigiviney baexwested torfegnifissatty fadsen thhe unit circle,

whi ch may be inportant.to ensu £l - paj LiTR): i on.
0074 O SRR el Sh At othfBs St pf Hetled PO 8 O

hi ghband  phrgband@ylerogdewh e the veige afi@lids. 2 kHe withawttlsss of eforceddonl i asi ng,
and/or a |less noticeable transition fromone band to the other. Mbreover,

the coding effjiciency.of narr nd _encoder. Al l e, a waveform
coder) ma3 [‘H‘PS@ ?H%?Cﬁb?aé’a%ﬁtﬁ‘i\%q‘?q? & FRFEHNG? ﬂggﬁ%‘g‘@%‘g)@% US2006/ 012232
13 For exagphRiuc#dicl) thedHidkdphdnetind ttceanasce onhmdsheakadplacisembippreeidbieed at | ow
bit rates, especially in the presence_of_backgroynd I n such cases,
provi di ng aspenseerephefrequensy @Wﬂd%gﬁéym tﬁ%? e @%ﬁ%‘l‘tﬂ’&lﬁof

repr oduced gt,ﬁf%p ggg,gaebmeémsg%ai S‘.lotﬂléﬁweeﬁ"]%hh 30PRJs FGTh@itediHHR75]

Mor eover, over ng of “subbands allows a snmooth bl endi ng of |qwband and
hi ghband t katodathyighaaOttien pirtionler exaniples of kighpassidites 130 banraessbandsE i3y, and/ or

a | ess noéiax:@%bflip%sld%%ﬂaﬁi on fromone band to the other. Such a feature

may be esp l e for an inplenmentation in which narrowband
encoder A120 and hi ghband )
[00073] In some implementations, providing an overlap between subbands as in the

example of FIGURE 4b allows for the use of a lowpass and/or a highpass filter having a
smooth rolloff over the overlapped region. Such filters are typically easier to design,
less computationally complex, and/or introduce less delay than filters with sharper or
“prick-wall” responses. Filters having sharp transition regions tend to have higher
sidelobes (which may cause aliasing) than filters of similar order that have smooth
rolloffs. Filters having sharp transition regions may also have long impulse responses
which may cause ringing artifacts. For filter bank implementations having one or more
1IR filters, allowing for a smooth rolloff over the overlapped region may enable the use
of a filter or filters whose poles are farther away from the unit circle, which may be

important to ensure a stable fixed-point implementation.

[00074] Overlapping of subbands allows a smooth blending of lowband and highband
that may lead to fewer audible artifacts, reduced aliasing, and/or a less noticeable
transition from one band to the other. Moreover, the coding efficiency of narrowband

encoder A120 (for example, a waveform coder) may drop with increasing frequency.



encoder A200 operate according to different codi ng nethodol ogi es. For
exanple, different coding techniques may produce signals that sound quite

di fferent.wh 6064534 hat encodes a spectral envel ope i f
codebook in@fzceé‘1 may produce a signal having a di ffergﬁ{r&g%@%ﬂ% an a

coder that encodes the anplitude spectlPuminstead. A tine-domain coder
(e.g., a pulse-code-nodul ation or PCM coder) may produce a signal having a
di f f er ent Eweramplhoediagpalijtiehiby nasenband codismay Resedrepd dtlay bEdeletes a

signal wi tﬁee }@E{?Hﬁ}?&glﬁ%énéa%ﬁaﬁi&r&ﬂ& n8RE Chn'shbh SRYELARKIANSh §¥efap of

corresponaﬁ‘iS g y produce a signal having a different
sound t hanhasubbaets nhdyancresse tlobegalitysf gepavduagd frequangy compoapieisidhe at i on of t he
spectr al enveilo g A coder that encodes a signal as a representation of
its wavef ot f‘?ﬁ% pt&Uhce an output having a different sound than that from
a sinusoidal coder. In such cases, using filters having sharp transition
regi ons t o[000is] i Mereooaouerlapyipg nfpubbirkia aldsvsesmdotiablending of lalybanstandnd

per ceptual | y noti ceabl transiti b en .th ubbands, | he synt hesi zed
wi deband sli‘lél?kﬂ’.é theap By &pd ¢ f‘eh”(‘?ﬁ l%a\l,(\;%t gflu‘f?gna%%mﬁ%\% (?ljﬁr gcllgérspl ement ary
over | appi nghifEAMIRARN on FRIPORIRS] & e ofhte Sudk adeature sualpbavspetialiyini ques, such

filters are unsuitable for at |east sone of the w and. codi ng
i mpl enent addsisphic fs e pplERCRare W.W}ACWOWP?‘I%?HC_B%!(&?B a“‘?ﬁ@&%’ﬁ oder is
conf i gur ede&CBdegﬂq%b Gafp ag&rﬁihged‘aiﬂ%g{ &%ir%fme%ﬂldc@&igm. Fhadxaliplesancel ed in
t he correspondi ng filter bank at the decoder. Such an arrangement may
not be apiffernt atding terhnimuesimpy produgecignals thas seyndigyise gifferar. Aederdnag
significant amount of i 1] j : t he
distorti onenr?gﬁ}esraesgﬁ‘%real ?’ﬂ’eefoé’g ﬁﬁe{gg ?‘\)/I%ﬁéef\g?g%fo B?ﬁ‘éﬁ degﬁgg@ggezae? at1 ion
property. mofngexdiffelent soapdtlianatcbdershat ewodéstbaahplitednspecoinninstead ding

i npl enment ati ons configured to, operate.at.ver w._pit_rat .
consequencEmEIHoOPRE cogder (§-8 4RUIPEOTespgdulgtion Oaﬁghgg(éﬁgi%ﬁaqrg%eﬁ@ﬂy to
appear si gRiviACAMmtkndicth@agd fRguencedpRbtiadola. hevder thei anaddes agizgahl, such

that use of QVF filter banks ma% lead to 2006110&%28 PCT US%?06/012232
14 uncanceill aasnreseniagon piibe presal sRECloNsANd (RELOBRAPORHINE LI AhNE Y TAY cal | y

have Ni gherfilde a it ayify SditfeREfoutd tiRBSoded thafRodanckif khRenker G 722).

[ 00077] Additrona a coder may be configured to produce a synthesized
si gnal  t hatepresentptemonfthespettyal siveidpar Atapderibaten¢agienapizaalghal but which

actually differs significantl [We] hgaadx <FRE iSR! e, a
coder t hat "HEFPYEL g‘#étsmaérﬁ%%E‘Ia&%gg}dtug{]i&oﬁﬁ#lg%%ﬁ#%g narrowband resi dual as
descri bed herei finuseidabdodet)de ssihadase, wingrfiters layinglsbarpdtansition regions to

define nonoverlapping subbands may lead to an abrupt and perceptually noticeable

transition between the subbands in the synthesized wideband signal.

[00076] Although QMF filter banks having complementary overlapping frequency
responses are often used in subband techniques, such filters are unsuitable for at Jeast
some of the wideband coding implementations described herein. A QMF filter bank at
the encoder is configured to create a significant degree of aliasing that is canceled in the
corresponding QMF filter bank at the decoder. Such an arrangement may not be
appropriate for an application in which the signal incurs a significant amount of
distortion between the filter banks, as the distortion may reduce the effectiveness of the
alias cancellation property. For example, applications described herein include coding
implementations configured to operate at very Jow bit rates. As a consequence of the
very low bit rate, the decoded signal is likely to appear significantly distorted as
compared to the original signal, such that use of QMF filter banks may lead to



hi ghband resi dual may be conpletely absent fromthe decoded signal. Use of
QW filter banks in such applications may |ead to a significant degree of

distortio uncancel ed aliasing. [00078] The istortion
Wg/%dd@?djl P?Pfggi%eﬂ%zs

caused by Iasing may be reduced if the affected nd 1S narrow,
as the effect of the aliasing is lini®d to a bandwi dth equal to the width
of the subband. For exanples as described herein in which each subband

| ncI udes apeascelphpliasipg. ﬂ?@llwﬁﬁéb@ﬁwsﬁmlﬁ?wa“m@?@}y haye &ighet fibn caused
Uncangalafg LlvBsING %PM hrd4 1@pst@tfipant part of the signal. The
y

quallty o] si gnal al so be affected by the |ocation of the
frequency band over which the unca ncel ed aliasing occurs. For exanple
di st ort i ofl0@I73hteditinaally.rrrederantyehe onfignredyorarsiics 2 spebesized sigRalithatds g |

between 3 and tﬂalwgmléﬁ%ﬂ tlpeeor[%'ﬁzﬁrs %?ﬁl%up@hlg%%c&/tﬁe’ﬂ%tﬂlﬁers tsféﬂﬂlcgﬁtgsﬁ ki on that

occurs near g., VWil e the
responses thd origmml ﬁnghale Fer efangplduodds ithae derbas e dighbsng tmthtyonrfmratl‘@d to one

anot her, the I and.a at hs_of f|| e and B120 may
be confldﬁFB‘H rﬁ%‘i’)@?%‘zeé??h%%tqﬁﬁ N RPLPILdss s %h{mg{ﬁn‘r Zsltg% é’pa%lpart fromthe
over | appi nggidbnd fe@lﬂuél\ﬁﬁh)ﬂiﬂﬂ@ﬁ‘@ﬁﬁiely%eﬁtﬁ’f:dmﬂ&letdbﬂ)cbﬂeﬂ‘ghﬂp 3€ of QMH wo subbands
as the distance fromthe _point at V@Cht Bﬁgﬁgr‘]’% [ esponse g} t he

hi ghband ffilier Binks injigh PBPhC?BO‘bFBn‘ine o @igniisgnt FSioRH f&uency
response Q{?c%jﬁ‘éleh%,, d filter drops to -20 dB. I n various exarrpl es of
filter ban 10 and/or B 120, this overlap ranges fromaround 200 Hz to

around 1 kHz. The range of about 400 to oyt .600 represent a

desi r abl e [009783 cBrerameaunteictistersian feysed by @gg:r?i‘?ﬂ%alag%f?%?fggt@mot hness. In
one partic ]ﬂgé,%@ wEthe OR&H 0RO Miasink heliaUed toeban8waiOsvgl 500 Hz.

[ 00080] It&&rrg{y% esl rglbfl.6 fo 1 npl errgnt Sltntgr l;ank All12 a‘:d/ or Bl122 to

perform opéheavidine thesubbangs thog exannles a5 IdQQRE@ heseip iwhish eachsiblangd| st ages.

For exanpl.e I tation Al 14 of
filter barﬁﬁbl}&?‘esng Eﬁﬁ“&@%%%ﬁfgb% %@%%%O%P%[% dZI%HZA{&%Q erfor s a
functi onal urﬁﬁnwelealaﬁﬁhﬁngﬁoutﬂ gfqaasmgtﬂlﬁbmlmngf thesigudwibampilitnef thper at i ons
using a series of jn resa deci,mation, .a t her

oper at i onsSiEgLERY &l5° Pﬁ% 195 P t}beggéélg??cé'rba? o éfs“fhé%d[a%d/ or nmay
allow r eus@nc%cefe'd'?iﬁ&dlﬁg‘@dcuﬁ' %k@x&{ple UR@ttonanetl neaote cedtarofexanpl e, the

same functional block may be used to performthe operati ns ofb eci mation
to 14 kHz wivgbandspershisignalt(e-27 bripem3 a%%{ﬁz)i IﬂaYFWWﬁ(% mjere o Plectionable

than distortion that occurs near an edge of the signal (e.g., above 6 kHz).

[00079] While the responses of the filters of a QMF filter bank are strictly related to
one another, the lowband and highband paths of filter banks A110 and B120 may be
configured to have spectra that are completely unrelated apart from the overlapping of
the two subbands. We define the overlap of the two subbands as the distance from the
point at which the frequency response of the highband filter drops to —20 dB up to the
point at which the frequency response of the lowband filter drops to —20 dB. In various
examples of filter bank A110 and/or B120, this overlap ranges from around 200 Hz to
around 1 kHz. The range of about 400 to about 600 Hz may represent a desirable
tradeoff between coding efficiency and perceptual smoothness. In one particular

example as mentioned above, the overlap is around 500 Hz.

[00080] It may be desirable to implement filter bank A112 and/or B122 to perform
operations as illustrated in FIGURES 4a and 4b in several stages. For example,

FIGURE 4c shows a block diagram of an implementation A114 of filter bank A112 that




The spectral reversal operation may be i npl enented by mul tiplying the
signal with the function e" "  or the sequence (-1)", whose val ues

al ternatevpgfz%gﬁ #l and -1. The spectral shaping Opeﬁé‘*r/‘ugéhoﬁ?ﬁzﬁe

i npl ement ed as ]Sowpass filter conflgured to shape the signal to obtain a
desired overall fllter response. [000 31 It is noted that as a consequence
of the spectral reversal operation,. the ect m of hj.ghband. signal S30 is
reversed. reubmerpanetiosbioat iR of HEngss félﬁggaé‘? ‘ivﬂlsa@Bil'?%gq?Bar@ﬁg decoder
may be co FeBh@iiod) hgd bRBtopetXioht. aSiichan gener at or
A300 as ngsScn%%bsgﬁ io?ﬁlgclé%bﬁ%ﬁ/ rgfa%%:ﬁﬁ%‘ ured to producep a hi ghband

excitati onn@ilagnﬁeatatﬁlitrﬁ@bc hasuerétb desigreandipr g% ey revpe P%ﬁ?@?"é@él Blgelmot [ 00082)

FI GURE 4d shows . a bl.oc f i+hd er bank
5122 that B AR RcRder Firt R ERAT il R R R R R Ple e Pt e e
filtering ofRpgicad d):th&Smwﬁbﬁ]g} B4 Igiér amsdeoimation Er’bblﬂaas sownieFEPREAG, and

'n the hi GRS ECRRVERGHSn HRY ORITR P OEUPAP T B Al b RELaR mpDe ot o
exanpl e, filite SRl é%ﬁé‘mﬁ@ bbtweb£h-1 BADKL. Pkl4. In this
parti cul arﬂlgg%orrrlp Brtﬁ?l%%r%et(hglglm al s% I ncludes_notch filters in the

| owband angpebufaghmmg dpestion irtay e amplementohpronienpassiliepeondiggredito $haP9 100 Hz,

al t hough uch filters are. optionral d not be included. The Patent
Appl i cat i oﬁ‘ oGP RE‘ ?‘i\;é’ﬁ{%év ﬂiﬁf tei%%ﬂ*%% US FOR SPEECH SI GNAL FI LTERI NG'
filed herewith, Attorney Docket 050551, includes additional description
and figur emonsi]annm@otect thar @ eonsgeensé obihe spaotrs! Teverysh pparatigna e

i npl ement ati ons of f A110 a i's
her eby i ncé?eﬁ%‘l‘%toéa b{}“ﬁé}é’é’% &3 17655 gﬁ"%ﬁé@fglgmﬁggfr%go%ﬁgg erE%eggﬁc} s
i mpl enent ego@é;g cbddr fa§ B 6fi durddt decordinglyl Fot evatnpéenmghb&ld he i nput

speech si gnal a set of parangters th scrlg L4t (B) an
exci t at i onexditgtien gﬁtnh@tOTd’ﬁOQé% desqEbEFEEHR H’@}ﬁ '@Prefl ijogauce synt hesi zed
reproducti O)rc]m Foﬁ ﬂgna'fl 3P4 thﬁtpﬁmsi's%}_}%ﬁlv%oﬁﬁ. shows an exanple of a

spectr al &hve ope®of "a speech signal e peaks that characterize this

spectral envel ope represent resonances of the vocal, #%ﬁ%t %@i cal |l ed
formants. MB2EFEGEREAGHheEs yjogk dugrny g 38 IR MERISERE 1% encode at

| east this teigerimgch as filter
coeffi ci entB?351 %B@&F%ﬁ%ﬂ%ﬁg&ﬁ?ﬁ%ﬁ%ﬂﬁg a@?ﬁ%@gam C sgur ce-filter

ar r angenmentopastiéffsingd series of interpolation, resampling, and other operations. Filter bank

B124 includes a spectral reversal operation in the hi ghband that reverses a similar
operaiion as performed, for example, in a filter bank of the encoder such as filter bank
Al14. In this particular example, filter bank B124 also includes notch filters in the
lowband and highband that attenuate a component of the signal at 7100 Hz, aithough
such filters are optional and need not be included. The Patent Application “SYSTEMS,
METHODS, AND APPARATUS FOR SPEECH SIGNAL FILTERING” filed
herewith, Attorney Docket 050551, includes additional description and figures relating
to responses of elements of particular implementations of filter banks A110 and B120,

and this material is hereby incorporated by reference.

[00083] Narrowband encoder A120 is implemented according to a source-filter model
that encodes the input speech signal as (A) a set of parameters that describe a filter and
(B) an excitation signal that drives the described filter to produce a synthesized
reproduction of the input speech signal. FIGURE 5a shows an example of a speciral
envelope of a speech signal. The peaks that characterize this spectral envelope

represent resonances of the vocal tract and are called formants. Most speech coders




to coding of the spectral envel ope of narrowband signal S20. An anal ysis
nodul e calculates a set of paraneters that characterize a filter

correspon e speech sound over a period of tigg Yy 20
cosec). %vﬁgﬂtoé@?%% filter (also called an analysis or pr e%% on error

filter) configured according to thosel&ilter par amet ers renoves the
spectral envelope to spectrally flatten the signal. ul ti ng whitened
si gnal (aksmdeal legdtthas coasse dpeeirpl W§tu¥ee9§§sé‘iﬁf§r?§§?“§¥fds %‘4’? &fl FE%YS vari ance and

i s easier teﬁ code than the original speech signal. Errors resulting from
codi ng of ¢ glF ¥&i dual  si gnal may al so be spread nore evenly over the
spectrum The filter paraneters and residual are typically quantized for

ef fi ci ent [00084% HIGEREDbohews am@(alm%fmfélbaSlAﬁle%fﬂt@é’é’@H%qmcnga%a}’HP sis

fillter configured pocording. &0 G Lhhich AN ShukSyHRiRd by 2

si gnal s, produce a the5|zed version of the
ori gi nal spREERs asawi arafﬁhergaymtchaactsnzfelalfulw corsespyrplingatolthe ssedhi gured to

have a transfer functl on t hat i Qv S of t uncti on of
the whi t erPysl gier ¢ geriod] Cé@wg}ypiﬂa “’ée"éh lé?nﬁ’lg fnﬁe Eaﬁsg’gr}%é?n‘{ of a basic

i mpl ement g iy ggsé} &&cﬁﬁn crRAFleMRasTibuesicRER tind1e thosd fmtexlpmmrm e, a linear
prediction c

LPC) analysis nnpdul e ZJhO encod&sﬁ th B3 %tra envel ope
of narr ovvbamdeﬂgm‘a?bctﬁigﬂ‘@é@& te gectsglly| fatem phe s TERHERTERE £ i ci ent s
(e.g., coeffi E@ﬁ@%?m éé]d@dﬂha@ﬁ’ésﬁex{éréﬁﬂd thds%%)vhnanl%ean@mlasaans modul e
S

typically &“8 Pt e I'n nal ds a series of nonoverlgjﬁgll ng franes,
wth a nesﬂcachtthmftheoaglhalcspsﬂhslgbé; ﬂigrocsa'ﬁ@llmﬁfé@nf?@m%%qkle s The frane

period is generall od qv 1 I exnpggted to be
| ocal | y stség‘}agﬁ’éi"? ogﬁ%p%ﬁaéf ﬁeve% }M}# ggtg%] |fg{egg Erllrglgle(eqw valent to
160 sanpl eggidtal arexGpipAllyfhatitides f@‘feff&imédﬁn)msmsmomr teghpingl. APES anal ysi s
nodul e 210 is configured to calculate a se B fflClents
to char act@cpdas. & patheys F?‘H?Ftc%f 1BHE %ﬁcgrdg’fgst&%\tbeﬁjﬂ%sgﬁ{nlelcge%%n te??grgre

al so possif 2l BB bR Tedduat kbq)rmbusyr&hmwmsm of)thamﬂgmal ¢p@eqhnput SI gnal

as a seri esb%ilB overl appi ng franmes. [00086] The anal %t o tﬁan Ry be
conf i gur edsduod.afbe %méleﬁlhéltgraﬁbipﬁnbﬁo@ééwdft? B a TRsisE gt he“sanpl es

may be wei ﬂnat edoffﬂﬁ%%ns?&cf%cﬂbﬁ'gf&19\7@11%\519@?21@&“9 function (for exanple, a

Hanm ng w sis may al so performed over a window that is
| ar ger than the frame, such as a 30-nsec w ndow. This nglgﬁ,g may be WO
2006/ 10783M0PSSY Emsmmzsabloqlvd@gwmf@lbéﬂ% gnpjementaip! Wh that it

i ncludes t Qa%‘IOSWantli Lisaconds, iTaRALALpleY a BEELbRARAEN coding (LPC) analysis
module 210 encodes the spectral envelope of narrowband signal S20 as a set of linear
prediction (LP) coefficients (e.g., coefficients of an all-pole filter 1/A(z)). The analysis
module typically processes the input signal as a series of nonoverlapping frames, with a
new set of coefficients being calculated for each frame. The frame period is generally a
period over which the signal may be expected to be locally stationary; one common
example is 20 milliseconds (equivalent to 160 samples at a sampling rate of 8 kHz). In
one example, LPC analysis module 210 is configured to calculate a set of ten LP filter
coefficients to characterize the formant structure of each 20-millisecond frame. It is

also possible to implement the analysis module to process the input signal as a series of

overlapping frames.

[00086] The analysis module may be configured to analyze the samples of each frame
directly, or the samples may be weighted first according to a windowing function (for
example, a Hamming window). The analysis may also be performed over a window

that is larger than the frame, such as a 30-msec window. This window may be




after the 20-m|lisecond frame) or asymmetric (e.g. 10-20, such that it
includes the last 10 mlliseconds of the preceding frane). An LPC anal ysis
nodul e is \{Iéf%og/%ﬁs configured to calculate the LP fi %WU %9?/5 fz%{ﬁi ents
using a Levinson-bDurbin recursion or the Leroux-Geguen alsgorllt m In

anot her inplenentation, the analysis Wbdule may be configured to calcul ate
a set of cepstral coefficients for each frame instead of a set of LP

filter coefhineirisrit.g. S-LOCOBEN thpni ivplidss the Sapidlisseonsn ipmediatalygiviagnde reduced

significangl h 3D EMBEY or s b eflo@BudnaRiqoHehiQmadal i ty, by
quanti zi ngﬁ}t?%%e?q)Fl{}%lrsgéﬁg?gr\én@t%?rséswﬁlltnhgigﬁééglg)te%l(?gttl ihon 1L:fi I'ter coefficients
are diffi qolnillisecondaot the preeédingirant)l WndiR{ anabysisgoedullais sl i nt o anot her

representation, such | ine spectral . pair I tral
froquonci éeniiigt BB e AR o sea A By P DakE BRI {1

exanpl e Ofhe IFdrGREubgueh Rgbtithng rinaaethéd imipefientation, She drabynisfmuduiedf4y ter ansf or s
the set of LP filter coefficjents inb%@}ia cgrre pondi.ng %\Et of Q(L{ . Ot her
one- t 0- oneopgiedioralenlassehpf qepsiral pqefligienistor pachy tampesingtppd Qf @eet iy

coef fici enfig; dPfsignga-ratio values; inmmttance spectral pairs (1SPs); and
i nmittance spectral frequencies (ISFs), which are used in the GSM (d obal
System for Mbile Comruni cations) AVR-WB (Adaptivye Miltirate-, Wdeband)
codec. TydN@eH7] yThe quinwh stoeiAnsRichSd A0 B2k Be regpcadst %@ﬁyé@ IFFEY%% s and a
cor respongi fd. et 8?£egk0?§§%¢§g&ff§‘§??f‘ﬁ%ﬁzingﬂk P pAhABELsS Lalea® | ncl ude

i npl ement at't ons which the transformis not reversible
Wi t hout erpredictiqn(ilR88defiiants areakffipaptojqyantizaefiipiontly apd aguiapallyZ82pPEd set of

narrowband LSFs . (or other. coeffigie . I nar r owband
encoder AID¥ qngth%{ﬁ‘??feéfiﬂ?aéﬁmt %m%ﬁét %ﬁuetsﬂ{;%t%afﬁ’#gzgﬁ?ﬁtgk ﬁ?%?l)s? @tg%anti zation as

t he nar r owhaendids! (LSFs)pR qumttiestion 34&or Gmopy enapdangt iz the exayple 08l 1y i ncl udes
a vector quantizer that en%o,des t mgﬁf)t ég@hor as gn |g?te];%ﬁﬁera
cor r espondh 1ldt filgricpgilicignisioplayj tEengor B%Sé.mfs o séen in

FI GURE 6, é@ff%é@ﬁ?ﬂf&ae% nditk 38 RILSPs. 0BMer Gieas-one kgséstntations s BRal by
passi ng narrowband signal "S20 through a whitenin er .260 %9I call ed

. ilt S
an anal ysfikeropefficiedis andhele paycopeoeffiqiengs jogtqa;%?(rapg%e A IIEECRPES i ng to
the set of fil . LGl I j i Xk e @GNt €Ni NQ
filter 260Pf"S (is%q,gﬁeﬁ%@&&gﬁgﬁ{ﬂkﬁ%@ﬁﬁ@m@’%%%‘%1I Ri rr;fl ement ati ons
may al so bgslybeSysdifer MebilaOahmenigatmns MR -WB/gidepliveMelgifaiei n per ceptual |y
i nportant informatiqQn t he speech fir S . £ ucture
ol ati ng. t OHRVEER Cofffat L pieag CraEPEs Ty oo Ikt ST

N narro ter parameters
WO 2006/ 10Z@RBp et 4RO iR 12R3esible, but embodiments also include implementations

of encoder A120 in which the transform is not reversible without error.

[00088] Quantizer 230 is configured to quantize the set of narrowband LSFs (or other
coefficient representation), and narrowband encoder A122 is configured to output the
result of this quantization as the narrowband filter parameters S40. Such a quantizer
typically includes a vector quantizer that encodes the input vector as an index to a

corresponding vector entry in a table or codebook.

[00089] As seen in FIGURE 6, narrowband encoder A122 also generates a residual
signal by passing narrowband signal 520 through a whitening filter 260 (also called an
analysis or prediction error filter) that is configured according to the set of filter
coefficients. In this particular example, whitening filter 260 is implemented as a FIR
filter, although IIR implementations may also be used. This residual signal will
typically contain perceptually important information of the speech frame, such as long-

term structure relating to pitch, that is not represented in narrowband filter parameters




18 S40. Quantizer 270 is configured to calculate a quantized representation
of this residual signal for output as encoded narrowband excitation signal

550. Such o9iaAbsser typically includes a vector quapkhz@iekhdisencodes
the input vector as an index to a corresponding vector entry 1n a table or

codebook. Alternatively, such a quant i%er may be configured to send one or
nore paraneters fromwhich the vector may be g(gnerat ed. d(é(rﬁ.n‘ic y at the

. |
decoder, rS#PhOuantizan? s eprfigugedrte sHrUets A qyentized reprpsentatinn & dup rgB ok

met hod. S lefcdit @ QarkdiviaRdbietas Ss0Icsuchs qakgeer ai ¢ CELP
(codebook%@%flﬁ)@t%%sl icndgarqpr edicti on§1 and codecs sucr?%as 3GPP2 (Third

Gener at i ortyjRedltyrinehedes p vEgtor @uiRdzer Erhenvedss thainpeicatorat 1 iogiidep. [ 00090] It
|'s desirable for -“a%ée?&ibe%ﬂgFEQFa%%ec{E.c@ée%QOE. O%Ee%ﬂa%{v@fyesqch% fRReeeday

nar r owband HEIPOPEPE SH i GRAM AECSTUAG to the sane fi1ter parameter val ues
that will Yeeonfataéd @ikml b drineore paramatprs Hdimyhich threowb@n thagl e gelerated n t hi s
manner, the resultin ncoded n

e rrowband.excitation. sian r eady
account t divayRisalbyatdhg decgrler, RET thanFaiteVEd TP $Hdcs a%igraas%eaﬁ%%?é@g?ogées, such
3; _quant i 21?&%1&1? ®ich Qrmetlﬂ%ﬁﬁﬁﬁgdﬁﬂhéﬁi?% dchérBes sd&Sitsf:ﬁ@b@aﬁd‘: G:Ewmfddgbnoa; th_eI "

itening filter using the sane coefficieg ues_t hat . wi . avail abl e
at the ded@giéan.on|hneqrw&e%t§mbar&@&éﬁﬂSéﬂ@faSéR}tc"S’éZ'khlﬁi‘Eﬁn%lD&HJ&%ﬁef?‘HP GURE 6,
i nverse qu%?gﬁﬁhm%g&l?mgw&g@gd&?rrovvband codi ng paraneters S$S40,

[ r

LSF-to-LP coefricient transtorm 250 maps the resulting val ues back

to a corresponding set of LP filter coeffjcients, ag{% thids set of
coef fi ci eni080903 It Sel¢sirable fovi npgRIvand ARacees AkpOrte persrato Bs enePdedener at e t he

residual s gr%ﬁ)éaa%$§fcit£t§on€\%§ﬁ% hZ R0 FHeARLE ZBEr FafiinetEl0RAAEL thaPwRL be

i mpl ement ati o narro encoder Al120 are configured to calculate
encoded namaiyandhexaidspending wigwhindsoodsy: Indbismpanpeipesedltidgong a set of
codebook vectors tha

best .. mat ches; t I i .S not ed,
however, t#5PdedRrPy. ?}cg%g&égnam%alfﬁg@ %Pg%mzée%?xéér%ﬁred to calcul ate
a quant i zeg?nﬁdegﬁﬁﬁggﬂ{olaépgmneﬁ‘er vdllzums,rsasli mhxp::anmziagmabm\)l\n;o tAvoondingtyt, tds L\)JI.ZO
generating the residyal sjgnal.. For exanple, nar n may
be confi guﬁ@ﬁaltlétmﬁéurﬁﬁ%@ﬁ“@fnggﬂ@é%‘?ﬁ%e §img ‘C‘ﬂegg‘?%ﬁl glﬁgsﬁgé}gﬁﬁ be
correspo “dbﬁﬂaﬁéfﬁﬁ healzae. ThaRalaSic entle oPBHEGIH ANQ2 kostwalin FEBURE6!  of
filter paraneters), and

to sel ect the codebook vect o:s&ﬁzﬁ%iﬁ ﬂ with the
gener at ed #ivgmaluantipest24p dsquantizes Rasowhnad 694ing PAERMEETS tog ]g ' 20 in a
per cept ual Ly wei ght iy 2l FARE oSN Aning 5 ofLRGT am of an
i mpl enent af%legfﬁgggffgs %?ggarrg%%%%%% &Y 0‘ Sp.’é ) Q'
filter coefficients, and this set of cocfficients is used to configure whitening filter 260 to

generate the residual signal that is quantized by guantizer 270.

[00091] Some implementations of narrowband encoder A120 are configured to
caleulate encoded narrowband excitation signal S50 by identifying one among a set of
codebook vectors that best matches the residual signal. It is noted, however, that
narrowband encoder A120 may also be implemented to calculate a quantized
representation of the residual signal without actually generating the residual signal. For
example, narrowband encoder A120 may be configured to use a number of codebook
vectors to generate corresponding synthesized signals (e.g., according to a current set of
filter parameters), and to select the codebook vector associated with the generated signal

that best matches the original narrowband signal $20 in a perceptually weighted

domain.

[00092] FIGURE 7 shows a block diagram of an implementation B112 of narrowband

decoder B110. Inverse quantizer 310 dequantizes narrowband filter parameters $40 (in




decoder B 110. Inverse quantizer 310 dequantizes narrowband filter
paraneters S40 (in WO 20061107838 PCTI US20061012232 19 this case, to a set

of LSFs), W%Ohﬁg’?&o- LP filter coefficient transform 2591&{15@9@%2%53 t he

LSFs into a se filter coefficients (for exanple, escri above
with reference to inverse quantizer Y40 and transform 250 of narrowband
encoder Al22). I|nverse %uanti zer 340 dequantizes narraowhand residual

si gnal S4@his casprtodueief 3SHak rsdpdivte-LR filsncaetlisientirgisin tapsfarE on t he
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al SO pr oVigeisatida kicaxsR0d Bagsdaintths filor ceefficiahts S80narmwhagh beoidtiensiggbr  A200,
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herein. | rS8opasrovhandnptess SYRfBesASs B%‘EOW‘%?@PSK%?Q@% (ng\lf\gtg%rz decoder
B110 may ng(brﬁ%), Exfn'tr(%'lgﬁ%q s&ﬂh&ﬁsoﬁ’lice‘i' 833 Qohfi @i tolspécdialiR bliaps natrewtanghband

at re

decoder ates to the narrowband signal, such a(f spectral tilt,
pitch gai rexaitatiohaignalifQ acerudivs tohe dequpoitnsd Siltereretiagiantein BBPAUSS 1 owband
encoder Al22 and narr 118 afeo PRAFAG nB%E3FPARA Of an

anal ysi s- bvﬂgvﬁﬂf{e]ségﬂé‘i)é\%gggﬁ%ﬁ%ggﬁe%%‘e 00k exci t at ino_n linear prediction
(CELP) codixg@atica stynal $80pu hiphbiraininbgdeo A28 athjed usehis tasderivedla ebead ng, and

i npl enmentations of su coder s erfaor . I t he

resi dual , eXcHjondiERg! é&@ﬁ‘s %Pgﬁﬁgn‘asn Y ‘é@iﬁ?&%ﬁ@ﬁ%ﬁawl}a@gb rom fixed and
adapti ve cQAsPoRkswharl de86del B Orinagbé configped at pomisle addidoual infemmséipr ual

wei ghting operations. Oher inplenentations of .anal ysis-hy-synathesis
codi ng i ncﬂodﬂ@bﬁﬁd(@qﬁo@icﬁmgﬁh%g‘ft?% “aBPSE?‘@tﬁl%WféﬁfEﬁﬁ)s,Bg%r?g@ rai c CELP
(ACELP), L ?ggghggd _regular pulse excitation (RPE),

mul ti-pul S@'t%@g ﬂ?‘%ﬁ%,&&aéd vect gr- sum excited linear prediction (VSELP)
codi ng. Rel ated codi ng net hods i ncl ude ti-band excjtatio MBE) and
prot ot ype KQ08FloThe systear faasobandepggder gi%? ﬂﬁlna@?gﬁﬁ?deéec ‘?er%ilé%%ffr di zed
anal ysi s- by- synt hesi 60 isRpdebitl Sodeb e CBdsbook Bxtitaierelinear

Tel ecommnig%sé‘%/?’%%‘glse 0%%%3%?%35&?%@?%#& gé)e- GSMfull r At 6 codec (GSM 06. 10),
whi ch usespreaiicalEI)chdieg is dnemepwlagfeady of snelysiErRELIthetin ot ABhhanced

Uni on) st aGRPACHIpS by ety pforp vevelolMIRLRRYg G relbaFommun catt on

including such operations as selection of entries from fixed and adaptive codebooks,

error minimization operations, and/or perceptual weighting operations. Other
implementations of analysis-by-synthesis coding include mixed excitation linear
prediction (MELP), algebraic CELP (ACELP), relaxation CELP (RCELP), regular
pulse excitation (RPE), multi-pulse CELP (MPE), and vector-sum excited linear
prediction (VSELP) coding. Related coding methods include multi-band excitation
(MBE) and prototype waveform interpolation (PWD) coding. Examples of standardized
analysis-by-synthesis speech codecs include the ETSI (Buropean Telecommunications
Standards Institute)-GSM full rate codec (GSM 06.10), which uses residual excited
linear prediction (RELP); the GSM enhanced full rate codec (ETSI-GSM 06.60); the
ITU (International Telecommunication Union} standard 11.8 kb/s G.729 Annex E
coder; the IS (Interim Standard)-641 codecs for IS-136 (a time-division multiple access
scheme); the GSM adaptive multirate (GSM-AMR) codecs; and the agvV™ (Fourth-
Generation VocoderTMj codec (QUALCOMM Incorporated, San Diego, CA).

Narrowband encoder A120 and corresponding decoder B110 may be implemented



coder; the IS (Interim Standard)-641 codecs for 1S 136 (a tine-division

mul tiple access schene); the GSM adaptive nmultirate (GSM AMR) codecs; and
the 4GvT Gener ati on Vocoder TM. codec (QUAL ted, San
D ego, W&%%&gﬁband encoder A120 and correspondi ng eco %/(H%{s 10 may be
i npl enent ed WO 2006/ 107838 PCT/ 1 JS20089012232 20 according to any of these
t echnol ogi es, or any ot her eech codi ng technol ogy (whether known or to
be devel orﬂé%ﬂfdlpaélaWéﬁﬁ]@é%F‘PP’g Oéogsfﬁefefcﬂﬁlm}&ﬁépeee&cq g gchsetozp(Wisdheanet er s
that des I I gts&ci) t he
descri bedq{?lbfagé)?toiﬂc? ée?‘gelﬁwlt}‘?g‘)e? &gerﬁg(iggeﬁgﬁéﬂsél? SOSO a}Igven a?ﬁtgt er the
whi t eni ng d‘esdribelafﬁm;aﬂde(ﬂbmdxmfh@m%%ésﬁﬂedm@ﬁw éweb dtefr tom  nar r owband
si gnal 820‘é a g)aﬁm)unt of fine harnonic structure nay remain,
especially QIB‘P”C% FI GURE 8a shows a spectral plot of one
exanple of a re5|dual S|gnal as may be produced by a whitening filter,

for a voi deen%i gheh afterghe whltwing/ﬁi\mﬂlas Eh@vp;bnhbodirsr: specteed puvedopeifinbl e i n

this exanple i . at and di v0|ce sounds spoken by
the same SpEaREr R R S PGP o RGPt B PO SiniRor D T2
struct ur ess diiawwf Wiced Rpawsh aFIGUREE o striws apsb@dtrabf)loa@f @ anphgle Ofa such a

r esi dual S|gnal t hat shows a sequence, of ulses 000951

Codi ng ef f@%ﬂ%é‘ﬁ“%nﬁ/%ﬁybﬁfé@iﬁ %%?WPWWE%I}I ﬁé?’@’ﬁg‘i:ﬂg’lfills‘ffél%é one or
mor e par angfey. 'ma'ﬁéﬁ%m&@uﬁ'&&@%ﬂ@ﬁhﬁﬁ%ﬁaﬁlﬂbhsclfaafeﬁ th BReH khEMiffsichtICt ure. One
i nportant characteristic of the pitch structure is the frequency of the

first har nided spurids spakan bpthetsare spagieranasrhaye ‘iﬁe&?&ﬁ%@iﬂ)‘t stiEpfiEeR bs ¢ ypi cal |y
(0 the T anggdlpief shdfl 45:0f BRARL AR bibt dlek AR ot YcRlacOded as

the inverse o ment a reguency, the pitch lag. The
pi tch | ag desidial siged thdtehowsdenuante shpipheslsenindmee. pi t ch period and may be
encoded as one or nore codebook indices. Speech signals fromnale speakers

tend to h rge i peakers.
100006] AdeoRST CropEiEae AR HAR-EAGER R, AR Rec M RIS DR S
peri odi ci tiyore pemﬁetemaldemtee&)dblahmfttemm bf thé pitdhestineturen e isipoggtur e or, in
ot her words, the deqree t signal . is_.h nDnlc n noni c.

Two typi ca?hqaﬁﬁ?’lé%ﬁ ‘%rﬂée Rje ﬁgP‘?tBrﬁllﬁtthreg‘ﬂegcy 9%‘:"1 fiﬁﬁ?ég??oﬁbcs ﬁﬁ&gﬁgﬁﬁ i zed
ant 0C0”e|ﬁhﬂzﬁﬁbnftd!ﬁ%&1héﬂ@® WhRERSpicABY in 8l @hie/ofeBYo AGHz. WRisi ndi cated by
the pitch gain, which is connDnIy encoded as a codebook gain (e.g., a

quanti zed tep@'réc i8 BPigsd B p@n@gpq‘q §s the inverse of the fundamental frequency, also
called the pitch lag. The pitch lag indicates the number of samples in one pitch period

and may be encoded as one or more codebook indices. Speech signals from male

speakers tend to have larger pitch lags than speech signals from female speakers.'

[00096] Another signal characteristic relating to the pitch structure is periodicity,
which indicates the strength of the harmonic structure or, in other words, the degree to
which the signal is harmonic or nonharmonic. Two typical indicators of periodicity are
zero crossings and normalized antocorrefation functions (NACFs). Periodicity may also
be indicated by the pitch gain, which is commonly encoded as a codebook gain (e.g., &

quantized adaptive codebook gain).

[00097] Narrowband encoder A120 may include one or more modules configured to
encode the long-term harmonic structuse of narrowband signal S20. As shown in
FIGURE 9, one typical CELP paradigm that may be used includes an open-loop LPC
analysis module, which encodes the short-term characteristics or coarse spectral

envelope, followed by a closed-loop long-term prediction analysis stage, which encodes




[ 00097] Narrowband encoder A120 may include one or nore nodul es confi gured
to encode the long-term harnonic structure of narrowband signal S20. As

shown in one typical CELP paradi gmthat may incl udes an
open-| oop‘{égﬂggﬁ%sysi s nodul e, which encodes. the Shoﬁﬁpﬁzﬁ;&ﬁgﬁi}‘i

characteristics or coarse spectral e#vel ope, followed by a cl osed-| oop
| ong-term prediction anal ysis st a%e, whi ch encodes WO 2006/ 1 78318 PCTI t
52006/ 012 28ZineZitch hehdrmeaicstruetareo d he shosidiare charpgiestipeare sproded 3y illet o m

char act er i si g5, ar 8 ofPRAE s Atnkhl blics GRRHEIEE BV aucsIhitieabiongn erm

characteristics arée enco as val ues for paraneters suc as pitch lag and
pitch gai ns pidrlagxadypitab, gaiva Foowsanmie, sptotand sncmlerdl2bmarbheangavsd o

out put encoded narr and exci t at i.0n .S . i : i el udes one
or Tore. doRuBBGReT A ae b Al bR pER Rk I S R e e
codebook icBaebebk aidittes (s.I £ prandiistol aideax wal areslapial codétwok grlepf andhi s

uant | 7or COTBPOREIE EHENBUES SAHGHERRGT EECH TR oo OREBG T 2l hg Such
quanti zer . | ul ating suc

val ues. EngGodlBghaQbsibiie si@héi‘{%.,sbﬁq&htii& 2Meym#&} Selutinedlatdag sichtietigsl at i on of
a pitch prototype waveform ich operation may incluyde calculating a

di f f er enc emBeelnxlatingwek salyesy Engpdingofhe Rt stpHE PRl NEHES | ong-term

structure . ' : h R viigelsdevQiceRanspeech,
which is t tﬁl}/pé) HI%Wg%%?@eh%}ﬁ?gpgwg%%ﬁ%%%fﬁa%& %28698] An Ci rrprll%rrent ation
of nar r owhiifietentedetieren BidOssaeqitchl puisest dadehng ofitheylpngdermshgiieG HAIGURE 9

may be configured o output narrowh Lhat -S| it i ghband
decoder B ’E?%g’fj&‘étrftraf‘ﬂeé Clogcﬁsé’-o PEPM Os'fngglg%cggb%%hb%%ﬁ lté){lygﬁgllrlyn@ﬁ%cﬁ%ta?gct ure)
has been gRehaued. For exanpl e, such a decoder nmay be configured to output

narrowband excitation signal S80 as a dequantized version of encoded
narr owband_excitatio

signal .S50. Of .cour i, I Lhlg to
i npl enent P9 ‘éﬁaﬁﬂ’é‘ﬁ‘g‘ﬁt&n %f'ilﬁo‘glﬂ%ﬁ%?%ogf% FBH%%B?{%@ gggg e‘r%b%fgo per f or ms
dequant i ZajHoaR i9 FIGURE Yafky Rl cafiaadioextiut airiawband expitatiorS8gnal 8ot ai n
narrowband excitation signal 836 [0009%!i | n.an, i npl enent ‘Pi nyof W deband
speech enchigiang deedaicBHUAlEH e dong-temny F”é‘?r{pz% Qﬂ@*{m"wﬁ S% c&%ﬁ]&‘%ﬁ hi ghband
encoder A2 ' BRIYE beldasfinasd ®Wagpt n@xsithad i on si gnal
as pr oduce%%%%%&ﬁ%%%&%qgﬁg?éﬁ S o@ whi te%iﬁng fiq?l?e_r., I n ot her
wor ds, nar exvithdonckigmt 8%(kas axiegoantiagd Yeasiemefiqngeded datrowpARd SuE iR SIBPR) ¢ owband

excitationgsi qgal 19 HiINRANGiRAR tPLG et QarRRIRNE d&RBAX NG shdtfhkiong- term

highband decoder B200 performs dequantization of encoded narrowband excitation

signal S50 to obtain narrowband excitation signal S80.

[00099] In an implementation of wideband speech encoder A100 accordingto a
paradigm as shown in FIGURE 9, highband encoder A200 may be configured to receive
the narrowband excitation signal as produced by the short-term analysis or whitening
filter. In other words, narrowband encoder A120 may be configured to output the
narrowband excitation signal to highband encoder A200 before encoding the long-term
structure. It is desirable, however, for highband encoder A200 to receive from the
narrowband channel the same coding information that will be received by highband
decoder B200, such that the coding parameters produced by highband encoder A200
may already account to some extent for nonidealities in that information. Thus it may
be preferable for highband encoder A200 to reconstruct narrowband excitation signal
$80 from the same parametrized and/or quantized encoded narrowband excitation signal

$50 to be output by wideband speech encoder A100. One potential advantage of this




structure. It is desirable, however, for highband encoder A200 to receive
fromthe narrowband channel the sane coding information that will be

recei ved ' d decoder B200, such that the codi S

pr oduced Swyoﬂi."g’ gsjr;:‘d encoder A200 rra%j%al r eady accountp?gﬂg%)ﬁdemgégent for
noni dealities in that information. Th it my be preferable for highband
encoder A200 to reconstruct narrowband excitatjon si | , S80 dfromthe sane
par anet r i 2pptoznhds morepsamatecalsuiaionefdhe W&P‘?%Wgé’r’i’cfa@%’éi%{%ﬁ? PS5 %%nal S50 to
be out put b% wi deband speech encoder A100. One potential advantage of this
WO 2006/ 1(99 ¥3 PCT/ US20061012232 22 approach is nore accurate cal cul ation
of the highband gain factors S60b described below. [O 0100%n In addition to
par arret er §0601A0] I hdditiont @rﬁ&mﬁﬁ%thﬁ?ﬁbﬁwieé??ﬁhaﬁléqrbfﬂnpﬁﬂé}g’f OPESD ruct ure of
nar r owband. si.gnal. S20.. nar.r e Bahabet er

val ues thasfr”?tgﬁegga?%w%afnﬁglrg%cﬁar%@W@ﬁ%@aggwﬁﬁws?gnal 520. These
val ues, wWhivehthaBiglaeetosufier adrycteristios dfzedowbandsignpl$ 20y hgscoebiehd speech

encoder A100, may. be  jncluded,anon he narr i ers $S40
or out put tHck@RRPSIHRDLY quﬁt&ﬁﬁg‘ﬁd’ug’%@’d‘glﬁ%gg%&g egédsd%le lem%g% i%ur ed to
cal cul at e jhi;gfARthnE A MBrowdalk B PrSmShEs Sttceodipnged @pamelor more of these
addi ti onal paraneters A&g@g after d_equgntiai%tlﬁi} 08{5 Atd vm('li(rtlleband speech
decoder BIB@hbdndghensar BaeAlsboePigYren & © 1 BEPRYC8UPECei ve t he
paramet er yal ues WG aDAEONDARE ofiReRASINE: dddkidral Gramaties.s, afle

nej. ernatively,

dequant i zaktd hi ghband_decoder B200 maé ge cogfi gured to
receive (ddadaminstindl nt widetieul speech FegodenB 10, highpans deqoger BE0mARRS | v

[ 000101] I n one exanpl e of addit] BB 1B SBehAEH: S,
narrombandcongﬁ‘&%é&orn}%ﬂ&%&‘ﬁrpc j%{ggo%ﬁstr}@iﬁéor gﬁ)@egéfe?al til t( g‘rald speech node
par anet er syd@intRasdh). hemativepighbaid decoder Ba0Gmay be eonfigaredAfEcist t he
spectral envel ope_over the p)gésband andli S ‘ret:c¥1§i cally represented by the
quant i zed fand gessiby foeapamize)dag PArERR valyeq (iregtdt “yoi ced  sounds, the

spectral energy decreases with increasing frequency, such that the first
refl ecti onjgeediiitdRUkampledegdtitionl sawieyd epimgmedmetdrs, TSWbUWY oi ced
sounds have a spectrumthat is eit he{ N I]z.;{ , s:ﬁcho& hata_rﬁetgé;= fdibsdy reflection
coef f i ci enendoderoh Pdepredsicosyabues fpr sperial il pnd pREGNINOCEPARTERTS 16 Glenci es, such
that the fils rﬁﬁz 1506 tdl shbRnr teSspP@sil EdveRpe anet thayasshapd eath +1.

[ 0001021 S%%@%’héﬁ%lte %fégho called 15\)azoi Ci ng node) i ndi cates whet her the
current fr gypecally represented by the quantized first reflection coefficient. For most voice!

=

sounds, the spectral energy decreases with increasing frequency, such that the first
reflection coefficient is negative and may approach ~1. Most unvoiced sounds have a
spectrum that is either flat, such that the first reflection coefficient is close to zero, or

has more energy at high frequencies, such that the first reflection coefficient is positive

and may approach -+1.

[000102] Speech mode (also called voicing mode) indicates whether the current frame
represents voiced or unvoiced speech. This parameter may have a binary value based
on one or more measures of periodicity (e.g., zero crossings, NACFs, pitch gain) and/or
voice activity for the frame, such as a relation between such a measure and a threshold
value. In other implementations, the speech mode parameter has one or more other

states to indicate modes such as silence or background noise, or a transition between

silence and voiced speech.

[000103]Highband encoder A200 is configured to encode highband signal S30

according to a source-filter model, with the excitation for this filter being based on the



represents voiced or unvoi ced speech. This paraneter may have a binary

val ue based on one or nore neasures of periodicity (e.g., zero crossings,
NACFs, pitch gain) and/or voice activity for the frane, such as a relation
bet ween sychRshPasuUre and a threshold value. In ot hepcti@BRlogs®niat i ons,

t he speech node paraneter has one or nore other states to indicate nodes
such as silence or background noi se, ®t a transition between silence and

voi ced speech. [000103] H ghband encqde i S nfi gur ed encode
hi ghband shepded nasgovbag @W@F%Sl@%aaﬁg}ﬁ}?ﬁ&(f?fr‘%"isé‘r%??%‘cfg’i‘% E%OE t he

excitati or béh Addd §hifPhfWe?a8e A 200 thdd & AOEYi 28 1olRFBR8 a stream
PCT/ USZOOETE@@S@Z%&% encoled nar r onwhband. excitation si FI GURE 10 shows

|
a bl ock diohbighbandfcoding pimapetene¥0incBdngbighband fﬁ%ﬂ%ﬁ‘ﬁﬁ‘g‘gﬁé%@}d A200 that is

conf i gur eq, odu Sobe hid Slcgt 6ot POPASARE L AIHLSRO0 i ncl udi ng
hi ghband 3?%@%%?&9%%@?5&5 S%]g%hbgnd Chi ghbr%ﬁd gain factors S60b. H ghband

exci t at i onxgiedien slgndl SA30Ronemiyded narrhwernd ancitation sigedtS38n AFRYHAI  S120 from

encoded narrowband excitation.signal iS: A, oduces a
set of parBfer2PAroRLet ?1%183 Ogﬂa&g‘g%?re‘r%%z%g t@ﬁ@%%g%tzﬁ Eﬁé dsgéﬁrel opeloef)f

hi ghband  sirgn@barki3fbnal $50¢. Thship pértitwlad exampdesanplyeis nendaleys21) ippenfigereA210 i s
configured to performLPC analysis tg grf.gduceffa. S%tfoféach%afﬂelotfer
coef fi ci ertpgerform lbfe Analysiyie PRAUCh? &t BEHE IUPHEoRCERs oL YaSE AT Bredi ct i on

filter coofliaheObah 8o SFinkkRehalMaleostNanatoLss thdomed 0f LP il ter
coefficien

Into~a correspondi ng set_ of LSFs. As not bove with
reference transfonas s ise Ofﬁi)ﬂlfﬁ@r Qﬁ‘éﬁﬁs F’F%%q"{?ﬁ?ﬁnﬁ%,se%fﬁils;gi gs ABE% e A210
and/ or transform 410 i ah haw, 26810dif not@at2sets (e.g.,

BELOHTL A o o0 oo

cepstral r co Icient representations (e.g., |SPs).
[000104] QuainritagstordR010 macbnddnfigrred i wse gthenedetiicient gots (& 8-0FPHIEghband LSFs
(or other coefficient representati C | SPs), and hi ghband encoder
A202 is coffefiiifEy ap °I@ﬁ&ﬁﬁn?fqgécs??%iuqn?&0$’lg%ﬁls)é quanti zation as the

hi ghband filter parameters S60a. Such a quantizer typically includes a
vect or qua[uobEes)Qudidizerer0dsemiizhedinguantizesbe syt ofbighbandd gk (Orofiey

correspondi ng_vector entry in.a e _or. : ' nd encoder
A202 al so qufgﬁlqa%gepa%g%ﬁﬂff%eé‘f"é‘ afﬁfltpsé'ranﬁé%g%g%ﬁ ?@S’F %g@?%@%%ﬁ%g% a

synt hesi zed B GRbRAM: 51 (95 barSkalorracis iditgnd it musemets 8604 tSach an si gnal
S120 and the encoded spectral envel ope g%ég %eh«% set tofectlc_)f J;{nliﬁ&&

coef fi ci enysjntiperdypiesdly inddydes aPSST BapwEt FE" RETES g MPHIEFST 85 48T A220 i s
typically %o@éo%@;%nﬁgg%ctgpeﬂt}yan a table or codebook.

[000105] Highband encoder A202 also includes a synthesis filter A220 configured to
produce a synthesized highband signal $130 according to highband excitation signal
$120 and the encoded spectral envelope (e.g., the set of LP filter coefficients) produced
by analysis module A210. Synthesis filter A220 is typically imaplemented as an IR
filter, although FIR implementations may also be used. In a particular example,

synthesis filter A220 is implemented as a sixth-order linear autoregressive filter.

[000106)Highband gain factor calculator A230 calculates one or more differences
between the levels of the original highband signal S30 and synthesized highband signal
S$130 to specify a gain envelope for the frame. Quantizer 430, which may be
implemented as a vector quantizer that encodes the input vector as an index to a
corresponding vector entry in a table or codebook, quantizes the value or values
specifying the gain envelope, and highband encoder A202 is configured to output the

result of this quantization as highband gain factors S60b.



filter, although FIR inplenentations nmay al so be used. In a particular
exanple, synthesis filter A220 is inplenented as a sixth-order |inear
autoregre%%gw{o%gser. [ 00010G H ghband gai n factor C@éﬁﬂézﬁaﬁ%zﬁg%

cal cul ates one or nore differences between the |levels © e orrginal

hi ghband si gnal S30 and synt hesi zed HWdghband signal 5130 to specify a gain
envel ope for the frame. Quantizer 430, which nmay be _inp|enmented as a

vect or quiaAe17gin anhmplemsoatieon 23 thewiap FIGWRE { Brsyabesinfilter :2e0dy o
correspondi ng_yect or e : I ShaR AN ARsnaike val ue or
val ues sPECFEY ﬁoﬁacef‘ﬁgﬂéfé?é%r‘Cgﬁ@gfegggo ng%ngﬁﬁgghbalr%dA%lr?goder %,%HZOIZ is

conf i gur efinflem@iitiontof hizhbandescdder 202 ickidepaarinyerse quantizes apd igherdhd gai n

factors S60b. WO 2006/ 107838. PCTL1JS200, .
i mpl enent HRGSHIPLONLET tc’lcﬁc‘ﬁqeﬁéﬁfﬁf)esﬁln%%@&mhlgﬁqa%g%%%&?%@ﬁarranged to

recei ve t Bgod hhdiBkhis 0RE kjmthant e A0 anadaygido modivk theARtGded iltenl t er nat i ve
i npl enmentati on of hi ghband encoder A202 inc|] udes an_inverse guantizer and

inverse cocAfiGenty Wﬁ@%fslﬁb@éélt?%atﬂ’é@gﬁ’égwg? PPY F9PPOY BEFE fEtéhts from _
hi ghband £i L h&f RRURAElFsRelopd B highhthd sintdlicilaGa9@30yNt hesi s filter A220 is
arranged to receive the decoded filter " coefficients instead. Such an

al ternative arrangenent nmay support nore _accur

Y te  .calcylatio the gain
envel ope H00RY Hbenechagirulir examrle-angysinpggule ﬁ@é@i@%‘]ﬂﬂ ) @%&Fﬁ?@ ar
exanpl e, - anah ki JRIN & PIROpRNKNHANRGAN ARicl pidteld, AsplctivAgMclout put. a

set of six stand a set o I've gain values per frame, respectively, such
that a w debanddebuidasinsionof themarrpwbing\atenabS2d mwahe ashigverhyithanllchi eved wit h

only eleven additional val f i fQubgeyl ess
sensiti ve elegen ?dg’&t?é‘%lc‘ﬂfsue%P?rﬁimg?ﬁﬁieg ‘?Se%ﬁg%egiﬁéeé’%ﬁgﬂ%h i ghband
codi ng at efofs@AhigPGequcteies,sash thaddghtendcodiigpt allow &P Crigdes reaymsetuspr e

perceptual quality to naryowband coding.at a hi . A typi cal

i mpl ement atgnalhapie RicgRBa eé’ﬁ%?S%% qg@l%%t%%,rr%\g) a@%ﬁ#@%&ggﬁ@g{af‘g& put 8 to

12 bits pefad! AGpitAimpPlemBnatial dthighhasdamrbiartd00 mayfbetchefigpattor al  envel ope

and another 8 to 12 bits per frame for high- ual%thé re gfstructln%n of the

t enpor al  emtpal B el 2 bitspenframe &5 high-qyatity 155o ?'é‘??ﬁ?@,t ﬁBﬁc& DVESHUTE A210

outputs a a%Stthaﬂf tozi%gﬁ& Eﬁr:émé’foﬁ- highl @Rty b dR9AREb SR@tehiftA BRRIdE] ons of
encoder 0" &

hi ghband re configured to produce highband excitation signal
S 120 by genesthdripagicalar exwipie. aoalyss modraA2HAoways AYoh&ight L¥FsRflency
conponent sfra%ed anpl i tude- nodul ati ng the noi se signal according to the tine-

[000109] Some implementations of highband encoder A200 are configured to produce
highband excitation signal S120 by generating a random noise signal having highband
frequency components and amplitude-modulating the noise signal according to the time-
domain envelope of narrowband signal S20, narrowband excitation signal S80, or
highband signal $30. While such a noise-based method may produce adequate results
for unvoiced sounds, however, it may not be desirable for voiced sounds, whose

residuals are usually harmonic and consequently have some periodic structure.

[000110]Highband excitation generator A300 is configured to generate highband
excitation signal S120 by extending the specirum of narrowband excitation signal S80
into the highband frequency range. FIGURE 11 shows 2 block diagram of an
implementation A302 of highband excitation generator A300. Inverse quantizer 450 is
configured to dequantize encoded narrowband excitation signal S50 to produce
narrowband excitation signal S80. Spectrum extender A400 is confi gured to produce a

harmonically extended signal S160 based on narrowband excitation signal S80.



domai n envel ope of narrowband signal 520, narrowband excitation signal 580,
or highband signal 530. Wi le such a noi se-based net hod may produce
adequate results for unvoiced sounds, however, it nmay not be desirable for
voi ced souflsioeeme residuals are usually harnoni c ap@pg@eaAsLamNt |y have
sone periodic structure. [000110] H ghband excitation generator A300 is
configured to generate hi ghband exci 2ati on signal 5120 by extending the
spectrum of narrowband excitation signal S80 into the highband frequency

. H O () v
range. FI Gorrbiner 400 & gonHeyrd ICombing Lndm apise sighsl eenstatet PYRPIR302 of

hi ghband exgéht hQf‘mﬂﬁﬂﬁﬁ@-ﬁ%aiﬁ%%loﬂefb‘él%ﬁﬁf‘ed%%ﬂ%l%ﬁ‘e"caf’cﬁpatér%o@cP”f igured to
dequanti ze encoded narrowband excitation signal 550 to produce narrowband

exci t at i orpredugpamoggicdgeise sicnth X0 ehompinae €y is confignfeddarsxl t o produce a

har noni cal Wl nar \Q{oba} xci;tation signal

580. WO 26@@%%&%%&%%@%@3@%%@@ 2368P§0dé%nfi gured to
conbi ne a highbdndrexviisen Sgghdl20gener ated by noi se generator 480 and a

ti me-domai n envel ope cal cul ated by envel ope cal cul ator 460 to produce a

nodul at ed i i gnal. S170. nbi.ner, 4 i.s canfiqured.to m.x

o moni cal DI 1E AR Bactld SpectR R ool f e GEM=E 10 Gticrh Mafgmny ¢
produge Hbmht@qﬂreﬁbfﬁ'(dlmdagmwgMﬂﬁroxa[tﬁﬁ@é:dclithﬁc#ﬂﬁigMSmel e, sp?c]trum
extender A400 is configure erfor spec ol ding o ation (al so
oal 1o i eTR Bty Faspen aeon o Se it igldhe ma0bd pmRBUhG o

har noni cal z!e%—ﬁiiﬁfﬁ@@%haﬁbﬂ Qighal 3%6Gnd BBE glﬁﬂlﬂhg EﬁigﬂFi&_@ fi'lEBMBQg:tﬁi%rtﬁ&:ElmE.d by
zero-stuffing excirtation signal S80 and then applying a highpass filter to

retai n t hdnanpther exapplegspsetnan exgrdep P00 sepkizwied prehige barioomally confi gur ed

to produc I i &ﬂ% ] r I ting
nar r owban XB% ?‘?Ht)g%]%glﬁhgq @ﬁg}%@%@%q{a%%]o né%ﬁ?%]ﬁ/ﬁxglgﬁ%g.S%F]%NS\/%OalﬂﬁgﬂéégrrpI i ng
fol | owed bhighhahd {god.i datpsempling follawed hy maiplifateg vd thoa consiost-neusiaynal ) .

[ 000112] Scoe.ct ral folding and translation nmethods may produce spectrally
ext ended %PYRIEE*Nthose harnonic structure is discontinuous with the
original harnonic structure of narrowband excitation signal S80 in phase
and/ or fr f0@kicySpekwal feldapheé rrasdlation mugtidde dey peodups specrcdlyeixgndéds havi ng

peaks that  ar ot generally |ocated at mult, es.of .. .the fundapental
P equency, ST TERTEEUbrHRE CBmar A ariTpeaign phrvpene TORBREL fuct ed
speech si gifakrowhamexo@itdadiEnal S30 it ghte bRy G RAUER YN Fohexaipitl ORaY
" methods may produce signals having peaks that are not generaily located at multiples of

the fundamental frequency, which may cause tinny-sounding artifacts in the

reconstructed speech signal. These methods also tend to produce high-frequency

harmonics that have unnaturally strong tonal characteristics. Moreover, because a

PSTN signal may be sampled at 8 kHz but bandlimited to no more than 3400 Hz, the

upper spectrum of narrowband excitation signal S80 may contain little or no energy,

such that an extended signal generated according to a spectral folding or spectral

translation operation may have a spectral hole above 3400 Hz.

[000113] Other methods of generating harmonically extended signal S160 include
identifying one or more fundamental frequencies of narrowband excitation signal S80
and generating harmonic tones according to that information. For example, the
harmonic structure of an excitation signal may be characterized by the fundamenta]
frequency together with amplitude and phase information. Another implementation of
highband excitation generator A300 generates a harmonically extended signal S160
based on the fundamental frequency and amplitude (as indicated, for example, by the

pitch lag and pitch gain). Unless the harmonically extended signal is phase-coherent




har noni cs that have unnaturally strong tonal characteristics. Mreover,
because a PSTN signal may be sanpled at 8 kHz but bandlimted to no nore

t han 3400% ooélnﬁs gupper spectrum of narrowband exci ta{,&qp o%]?ﬂs 880 may
contain li ie or no energy, such that an extended signa genera

according to a spectral folding or sp¥ctral translation operation rray have
a spectral hole above 3400 Hz. [000113] O her methods Ofgl%épﬁﬂda&m

har moni caith nexcewbatddxgitaiion sicaal 550, hovererdihe gy of ?Wir‘?ﬁ“,} L

f undament eegﬁ%ggggtcd SR fapflar rowband excitation signal S80 and generating
har noni c nes accordi ng to that information. For exanple, the harnonic
structure of an excitation signal nay be characterized by the fundarrent al

frequency [ﬂﬁﬂgéﬂl}hﬁemorﬂmt:ﬂﬂr fempiion mabl be Hyed 9 Fraate ailighbrmegxcHpiongBeHap: s
TPl erment o 190 o Ren i RE R SpLA B dio AR GAL s AEdtnStALRS:

har noni calP %ﬁ si'gna ased o the undamental frequency and
anpl i tude u(lasmi phdiecditcadtinfigr lexanlipéae furtgyon ey alsp protvideag imgierspd 18¥¢ gai n) .

Unl ess the h m)nl ally extended si h 6/ 107838
PCT/ US20069¥8H Chz giie‘il‘i?“% Wﬂ&% %‘8&? dgt ‘?%’r‘img?’n’% iﬁé‘giﬁ‘%ﬁﬁﬁever t he
quality Oftoﬁahﬁlgﬁeﬁqhéﬂcpgmmm@ebdue@mqhetm soei astspecaml:mbtﬂmg)hmi [000114] A
nonl i near function nmay be used to create aT{} hbarﬂé exc‘;)tatil1 ‘2\ si gnal that
i s phase-spesteligmslaipp. hTymieal meponiiss ASNITe e fPagtiogh tahiah P aRpliga Y  he

har moni ¢ %gﬁ&?sﬁ ek BAULS sB&%%ﬁl Gk U 400UAdlYde the A2BIukdedle fubiidohi on may
al so provide an ncreased noi se | evel between high-freguency harnonics,

which te nc[alsdz cllsd fulbivave restifigationk halfwaye retification, squanpgsibingddncy har noni cs
produc ed el h@gmer i nﬁl@m@rﬁatﬁ?}@ GF p%ctrlIn? E)ﬁzéﬂ]ﬁr Angy m%? Be E(Sﬁiguﬁeﬁ%l sl ati on.

Typi cal ?@)?e rnear unc ons that nay be applie vari ous
i mpl ement afpbBrsnopfingp énictiomhaxtgemeleoryA400 i ncl ude the absol ute val ue
function (also called fullwave rectification) hal f wave rectification,

squari ng, i trum ext ender
7400y SOVBRAGER g PR el B o ARG WAOS o peBBt oty

[ 000115] Fl étdnBerl400sthat ibtandiguail agatt@m sofiondinedr fiylctime bot extdndriherspectrust ok pect r um
ext ender A400 t hat |s confi %’Jé ﬁlgf?' no lipe%%r) él il on to extend
the spect rifFoypandexe Tt ?IB 5 1&%&?" . Upsanpler 510 is

confi gur ednah%w‘ﬁ@r?cﬁéﬂ%h&on@éﬂa?ﬂ%@ﬁdm@%& d@irivetsipgaaple BaGigiat may be

desirable to upsanple the signal sufficiently tqQ mnjnze aliasing upon
appl i cat i ovffgdientlydo momiizrcediasipg ARAN agplicafipn BI%]@X norﬁmearr}luncuon %1 one .

particular example, upsampler 510 upsamples the signal by a factor of eight. Upsampler
510 may be configured to perform the upsampling operation by zero-stuffing the input
signal and lowpass filtering the result. Nonlinear function calculator 520 is configured
to apply a nonlinear function to the upsampled signal. One potential advantage of the
absolute value function over other nonlinear functions for spectral extension, such as
squaring, is that energy normalization is not needed. In some implementations, the
absolute value function may be applied efficiently by stripping or clearing the sign bit of
each sample. Nonlinear function calculator 520 may also be configured to perform an

amplitude warping of the upsampled or spectrally extended signal.

[000116]Downsampler 530 is configured to downsample the spectrally extended result
of applying the nonlinear function. It may be desirable for downsampler 530 to perform
a bandpass filtering operation to select 2 desired frequency band of the spectrally
extended signal before reducing the sampling rate (for example, to reduce or avoid
aliasing or corruption by an unwanted image). It may also be desirable for

downsampler 530 to reduce the sampling rate in more than one stage.




particul ar exanpl e, upsanpler 510 upsanples the signal by a factor of

ei ght. Upsanpler 510 nmay be configured to performthe upsanpling operation
by zero-s i e input signal and | owpass filteri t.
Nonl i near W?S{)ﬁ)g%gcal culator 520 is configured to app Jﬁ%%%ﬁgoﬁ?#%ear
function to the upsanpled signal. One7potential advantage of the absolute
val ue function over other nonlinear functions for spectral extension, such
as squar [00g117]BIGURE 12misragiiagran thet shostsitsrsignal ssetrheleodegyus JANE Bhe

inpl enentations, the _absol - : kieQhe he, @niRlii gd sghdi ciently by
st ri ppi ng®Ht® ]frc{%ﬁﬁp?ﬁ?%P%’fL{%n%méiao?&g?éﬂfgvglcﬁ sanpt e, @yNonI i'near function

cal cul at opcr5RAhd ot flotsh Pladufshows thel spestrperof onerexemplaefinamowliendrar pi ng of

t he upsanpl ed or spec I t ended si.gna 530 is
confi gur e%%@“‘ﬂbﬁkﬁ?ﬁﬁ%‘f’-gﬁf’ﬁ@?@ﬁ)@@t LY en%%f &H %91?%8;03-]31?8 X%%g%hpﬁ écil ng the
nonl i near ?F%‘cdr%@eigh{ FIBY(chehote ah Eddhge 6fahe eiouwizd spdcenm58@r t o perform a
bandpass P tering operation to select a desi rec% fre uinc b@ﬂ%ﬂgf t he
spectral | yflppl'@m@‘mf@dlo@llgﬁf*ﬁélfuﬂ%@br}%l"tr(ébﬂ’é’i‘”ﬁghetsﬂ?%c %?Tf)flgﬁr T &N i exanpl e,
to reduce of.ayol L iasd bbRPfrteaty lvanhighvdnase)l 1t may
al so be dé {h%sg%xﬁfélg]febﬁlep %&n&gia%?nggfoggg 1%}% rg%ﬁug? t he sg%gI i ng%ﬁate in nore
t han one s$Bageg., VEH2008kER¥838 PCT/ US2006/ 012232 27 [000117] FI GURE 12a is
a diagramthat shows the signal spectra at various points in one exanple

of a specgfi@&}m@@: d ?g?a’%@%&@g}aﬂ@%& the dfdameanlingCialvnidtsthe he same

across th 0 shows theé spectrum of one_exanpl e of

nar r owban dam@bis faretis erlusidgryed fa8800f fPItge optein aswigakandiignal Fet ANt er si gnal
S80 has been upsanpled .by a factor el 1ok Bahd OGS offhe €Xanpl e of
t he extend%s@f}é‘ﬁ?ngéﬁ?ﬁaifl%"’ssfglg“ﬁlpiggg%%%oﬁ‘tgpagﬂr@oﬁignear 5functoi o?y. Pl ot (d)
shows t he spaadd sisfaalabeplot RBGSs the biieetrumgfier 4 secer sage0d Apvesamphieg. passband

extends to the upper frequency limt of highband si .0., 7 kHz
or 8 kHz).in w@mﬁgam&@gg@y issl%@}%sﬂ’%%?%B’é8?&ﬂnqﬁf°%1%?£}§!"%l?‘r%§tgm tﬁé%f of
downsanpl i | ' hAxe filtéd dnd sécddd e cavrBETploE four to
obt ai nma)t V\n&g@ﬁg%%%ﬁ}ae%ﬁ%? %feﬂ%ﬁﬁgﬁgv\s@ thg spe t?ﬁ?ﬁ&dftﬁr .ﬂi hpass
filtering mpengathiondebend sied thippeh MghpassdHier heft 44 W@Fm{“ﬂﬁr Qﬁg ffgd signal ,
and pl ot (@éh%'li‘lﬁzorﬁo@?eé%{%&&few I%gﬁl‘%)% haViSEHR s Laghsyto gmesapl i ng, i n

whi ch the I's"reduce a factor of two. In one particular
exampl e,  grymIgERlcatcd3thabbaviny the freduenty rghgrand spnplieg ﬁaF?g‘)félF&i‘b%I@cond st age
of downsampling by passing the w deband signal through highpass filter 130
and domsaﬁﬁ}aég3(i40 of filter

[000119] As may be seen in plot (g), downsampling of the highpass signal shown in plot
(f) causes a reversal of its spectrum. Tn this example, downsampler 530 is also
configured to perform a spectral {lipping operation on the signal. Plot (h) shows a result
of applying the spectral flipping operation, which may be performed by multiplying the
signal with the function ¢ or the sequence (~1)", whose values alternate between +1
and —1. Such an operation is equivalent to shifting the digital spectrum of the signal in
the frequency domain by a distance of 7, It is noted that the same result may also be
obtained by applying the downsampling and spectral flipping operations in a different
order. The operations of upsampling and/or downsampling may also be configured to

include resampling to obtain a spectrally extended signal having the sampling rate of

highband signal S30 (e.g., 7 kHz).

[000120] As noted above, filter banks A110 and B120 may be implemented such that
one or both of the narrowband and highband signals S20, $30 has a spectrally reversed
form at the output of filter bank A110, is encoded and decoded in the spectrally reversed



bank A112 (or other structures or routines having the sane response) to
produce a spectrally extended signal having the frequency range and

sanpl i ng 5ﬂ5§m€ 7Ejsghband signal S30. [000119] As maypbgyushifibikd Pl ot (9),
downsanpl i ng o ({ e highpass signal shown in plot (f) causes a reversal of
its spectrum In this exanple, downsa#pler 530 is also configured to
performa spectral flipping operatiqgn on the si shows a

.. Pl ot
resul t oformpmqnmgﬁrhléywelé@ agairy 4t {55 hrgk &30 B PWGIWOLEH’PQHLy be perforned
by nul ti p\,&e %ﬁ’c{%’r naS%;g%ﬁ@ﬂ tmsﬁéi&%aéeuapédu&e @éﬁé&uﬂﬂlﬁﬂi@g seauenae (-1)n,

whose val u ween +1 and -1. Such an operation_ is eqU|vaIent
to shifti sgovihie RlGURtEbJZasmﬂﬂmjﬁnﬁ@ﬁCﬂsm @$§N&’P14b?d°§1ﬁ@lﬁf foefigBh¥yd domai n by

a di stance qof te sultpmay al so be obtained by
appl yi ng ©het aa%ﬂgsaﬁrﬁﬂ?%gﬁhﬁﬁaats% ?ﬁ)hﬁ% % | pr"Eg operations in a different
order. The operations of upsanpling and/or dovvnsan?l ing may al so be

confi gur eqodoa213The Ivuld@;snmanbmpsagphmg mﬂtdawnsaalpétpee aachgraléﬁeéﬁa@d si gnal

havi ng the sanpli ng at e, of i nd, s d1,000120] As
not ed abowgerafion sgierig %‘F{jsbyﬁpei e@eﬁ%géﬁ&a}gg |rrp gmn‘crslrzlltK %5 SUoh that one
or both ofm ?thgr[tqygggnplo@a P]eghmamﬂ sibgsaldmgmtha&mwba@ sgnebectral |y

rever sed m at the output of fil ank @\I .S enc do% ﬁé}g gdecoded in
t he spect rsatqtn,aatwgeamwm%ﬁffé Vi R oA orm and is
spectral [ yeJ ﬁéﬂﬁ%{%gﬁe ﬁqgé &nﬁ:tacfds!; Hﬁ&a@&ﬂlﬁlcﬁs 196t C@Pil'@m tliiﬁlpﬂgmmb:ﬁamb in

w deband speech-”si gnal . I'n such case, of course, tral flipping

oper ati on eaSmpEMmmmwbalﬁﬂmﬁmélgOﬁ%t?ﬁ@ Rt (o) gharis "S%BEF?” erlsf ul d be
desirabl e band Havel@opesitemied y
reversed f%@rﬂ ﬁé%ﬁéﬂpf lg%%gﬁ%t#%&/%%é@%ggi? of Ylgopsa i ng and
downsanpl i ggctafm &t pegicatibn ebet wmdinem fungper. alnitkip c2ss, Piepipg Fl}?éalawc%‘bect rum
ext ender A402 may gr conf i ured nd arranged in many different ways. For
exanpl e, PF’@%‘Eg}PZ CHLENGICY af’ﬁ?%{’ﬁﬁ hat shows the signal spectra at various
points in another exanple of a spectral extension operation, where the
frequency gmaiﬂ] P15t (dy ehovaithe gerimn aftére spectiableverplopstation. ofloy (ﬁ) ShoMdws t he
spectrum of one exanple of narr XCi & g Plot (D)
shows t he @péﬁ%ﬁﬂ%%@f%ﬂ“&%ﬁ& Ofo‘g’gﬁ' 9 mééeﬁ;mlug{;tgélsﬁﬂﬁ @ a 'tfactor of two.
Plot () shausqd ﬁmf@w@&obmn%mpemﬂwmwﬂm dpghib cation of a
nonlinear function. In this case, aliasing that By 9% ﬁeme%&ﬁo@' gher
frequenci eexdngplea theaygnabis in spectrally reversed forni and may be used 1 At imp

of highband encoder A200 which processed highband signal S30 in such a form.

[000123] The specirally extended signal produced by nonlinear function calculator 520
is likely to have a pronounced dropoff in amplitude as frequency increases. Spectral
extender A402 includes a spectral flattener 540 configured to perform a whitening
operation on the downsampled signal. Spectral flattener 540 may be configured to
perform a fixed whitening operation or to perform an adaptive whitening operation. Ina
particular example of adaptive whitening, spectral flattener 540 includes an LPC
analysis module configured to calculate a set of four filter coefficients from the
downsampled signal and a fourth-order analysis filter configured to whiten the si ignal
according to those coefficients. Other implementations of spectrum extender A400

include configurations in which spectral flattener 540 operates on the spectrally

extended signal before downsampler 530.

[000124]Highband excitation generator A300 may be implemented to output
harmonically extended signal S160 as highband excitation signal S120. In some cases,




[ 000122] Pl ot (d) shows the spectrumafter a spectral reversal operation.
Plot (e) shows the spectrumafter a single stage of downsanpling, in which
the sanpl .Wa)gzo{)ﬁfo‘? 355 reduced by a factor of two to obf@phiirisssi red
spectral ly ‘ex endse signal. In this exanple, the signal Is 1n spectrally
reversed formand may be used in an i%¥pl ementation of highband encoder
A200 whi ch processed hi ghband signal S30 in such q@fﬁgrm. %000123] The

spect r al | jovever nsingonly gharmesicslly cxigndsg sigpal asthelnehtand FGRIEMAY at or 520

is likely_taq have d u hid oR Bkt id Generslly le§guency i ncreases.
Spectr al re@‘%léln&glrb?%a% alg'n?ﬁf%aégbgiegg{é%tlgal Eli%lzllj:attgﬁrclar 5}20 configured to

per f or m aprohduneed inghe highlaatitiom v thetlprs baesaAadsinEiao SIUGR ARG ct r al

flattener 540 nay be conf.i gu y ' i freni peration or
o per  or FAHISELABE PR L aNE RS bEpuRE (M, SP it o R e of
adaptive whibebipaGallpRaeiid infspadchaipanls bt femelesgerkesn LPC  anal ysi s nodul e
configured to calculate a set of four filter coefficients fromthe

downsanpl ed signal and a .fqurth-order .anal.ysi i . i 0 whiten
the si gna[‘)ooé%ﬂgFﬂ’Pﬂ‘é“ﬁPE l?ﬁ‘b(%émé’geﬁefl{ag%sn?f .gh%%derxtcﬁ{ﬁfﬂ%%r%é%r?%% ;ﬁg%(}; of
spect r um axt 86k Ao rhik GhiathRicaly biignted sigoalsS 160 withi aotvispignek als f 1 at t ener
540 operates on the spectrally extended signgl .bcgf(?re downsI%nBIrer 530.

[ 000124] 1khaybiaddG ]tlabigb?ﬂ“&éﬁ%‘f‘a&f’ﬁﬁe‘ﬁ%?fﬁﬂ;% URBITSIRE AT S0 T out put
har moni cal ' hbgbband. BxeideatinpR, sdignal 5120. in
sone caseé,g(yfk%%(%ggﬁ%é@ﬁ%%g&%%%gg%&o12_2 2 29 howevgr, using only a

har moni calgbyerent 480de dordiggredito produdeen HilgrAEARES VG PSSHICHRIAROSP esul t i n
audi bl e artifacts. The har ' - i 5% waRemahyy | ess

pr onouncedi&#- {ﬁh@“ﬁl? ﬁ‘hoﬁgeﬁﬁ%léi%nt?%&ﬁ%éﬁ%ﬁ% %ﬁg‘%gﬁﬁ usi ng t oo a?yruch

har moni ¢ patd Alsdwerdensitytilee viriegivitrfteqesmiyt 3t harbesdegiabile BARCEREULHn a buzzy

sound. This artifact nmay be especially notj bl e | gpal s from
femal e spd8R&} ke conbigered &) ORI SHA R ¥hﬂg|a@3%%?1%ﬁﬁ%gﬁgﬂiﬁ?§§?%ﬁgﬁé?@hi ghband

excitation a%?ﬁﬁ{@é&[pli@é’t@@at thd@dcodére Feredaingle; aolsd geneiatorHa0 nosibeal | y ext ended
signal S 1% Wwth a noise signal.

i gn; As shown.ipn FlGU t . hi ghband
exci t at i orvoggmeditoputpagthe noise pigad$s 3 dﬁ%@@“{j%ﬂ@?'é?rb&%n%%at{%gng?d;
configured to pr f?%fﬂé) JROk R hgWBAnd fiifr pRemewaTPIoendpi se
gener at or eﬁ%’(ﬁ’r&tﬁg‘gﬁ??a&ljﬂ:e t’gel produce a uni t-var@i ance white pseudorandom
noi se si gmadbdedakirbwbaid excitaibheigniliidPenent ati ons the noi se si gnal need not
be white and nmay have a power density that varies with frequency. It may

be desir abﬂoﬁofz%ﬁBe 8rie%)%n%enrﬁ%@&/9ﬁ harmonically extended signal S160, the random noise

signal produced by noise generator 480 may be amplitude-modulated to have a time-

domain envelope that approximates the energy distribution over time of narrowband
signal $20, highband signal S30, narrowband excitation signal S80, or harmonically
extended signal $160. As shown in FIGURE 11, highband excitation generator A302
includes a combiner 470 configured to amplitude-modulate the noise signal produced by
noise generator 480 according to a time-domain envelope calculated by envelope
calculator 460. For example, combiner 470 may be implemented as a multiplier
arranged to scale the output of noise generator 480 according to the time-domain

envelope calculated by envelope calculator 460 to produce modulated noise signal

S170.

[000127]In an implementation A304 of hi ghband excitation generator A302, as shown
in the block diagram of FIGURE 13, envelope calculator 460 is arranged to calculate the
envelope of harmonically extended signal $160. In an implementation A306 of
highband excitation generator A302, as shown in the block diagram of FIGURE 14,




480 to be configured to output the noise signal as a determnistic function
such that its state may be duplicated at the decoder. For exanple, noise
gener at or w48Q0d/RYsspe configured to output the noise sj 201532
determnistic function of information coded earlier wthin the sane frane,
such as the narrowband filter par amef@rs S40 and/or encoded narrowband
excitation signal S50. 6%)000126] Bef ore bejng njxed.wth ha(%rmng cally

ext ended asiejapsd caulmer 460 hearraagerbin cAlsHiete he eyrlope B BHIPERAGF KB Ye gener at or
480 may bgABld AR MU e oh Coflaibadd blofRion@ABal: ABUZhapee t hat

appr oxi ma 2E e ‘energy distribution over tinme of narrowoband signal S20,

hi ghband @hgwise cbafkureraioraddbeiseiodrunenigally sxsndadsiensbBl60fecHdingéhi cal | y

ext ended si gnal 160. h j E 11, highband excitati on generator
A302 i nclPE?g’é’gs gfstégﬂﬂ?%ﬁni?’g&pc%drlﬁgls Eu%g to anplitude-nodul ate the noise
signal produced by noise generator 480 according to a tine-domain envel ope
cal cul at efdot28sPvelapealctaioc #6tamay bl fighed tepeafopinan covieneréiculetion nay be

i npl enented a nmul.t i pliet rr.ange noi se

gener at oraSAPBtBS%‘a‘gﬁth‘aP‘#@ ABFIPRES W?%gﬁ'g%w%e%fﬁggg’%gﬁﬁfﬁ ed by envel ope
cal cul at ogx 4B T WHORITREEHELIED Bubaiklel] Ijakeladsgiedquite bY Gach[s8DPIDT JHen an

i mpl ementati on A304 of _hi ghband exci tati%n &enerat r A302Ba as shown in the
bl ock di afjiaerbthe sigapirrhosgenvelope [s3p e mofelgt HOLP2MBE: PETRYY 8 Rged t o

cal cul at e, cﬂgtiorﬁg%%k g??cnﬂf gi@ﬁé@l@ieﬁﬁh&éﬂ SN PSTHRY cosprodie a3dfencd of an

i npl enent ati on hband "exci tation generator A302, a% shown in the
bl ock di agquaredomlus. CirEsk 7120 wsrioons £ snrebmepesrligpen b 6aP8a%s %130 envel ope
cal cul ator 46Q 15 ar 28 apPifesGTHALAEG THY [oRBRisaMaaRd

excitati oﬁqua?gﬁ'ﬁilles's@gﬁggg%nthﬁee’%@tﬁp Flzlner?%g‘t "ons of hi ghmd excitation
gener at or hd36quenty/adoerdingith érewixpessionf i gured to add noise to harnonically
ext ended signal S160 according to |ocations of the narrowband pitch pul ses

in time. [000128] Envel ope, cal cul\ator _mpy be nfigured to perform an
envel ope cal cul ation as K(Tﬁésa%tjrp%é? fzﬁg?u@s a s@)i es of subtasks. Fl GURE

15 shows a flowchart of an exanple TWO of such a task. Subtask T110
cal cul at egpbRe; i3 AR Rlpu€ 964 thé B itpat, rtibe tinferdommimindéhenda gral  whose

envel ope is to be nodeled (for exanple, arrgv\%nd ex&'&t at i Ot][:ll.l si gnal S80
or har nonismabibingaxeiinesthayingriaeluspetees 8-Fd du f"é{a@%a B9 ™™ Es quar ed
val ues. Subtask, T120, RER{EN iFindn SHRRLNE HEpRAREAHbL agibelgpuvequence of

according to an indication of noise in the input signal, such that 4 is closer to 1 in the

absence of noise and closer to 0.5 in the presence of noise. Subtask T130 applies a

square root function to each sample of the smoothed sequence to produce the time-

domain envelope.

[000129] Such an implementation of envelope calculator 460 may be configured to
perform the various subtasks of task T100 in serial and/or parallel fashion. In further
implementations of task T100, subtask T110 may be preceded by a bandpass operation
configured to select a desired frequency portion of the signal whose envelope is to be

modeled, such as the range of 3—4 kHz.

[000130]1Combiner 490 is configured to mix harmonically extended signal S160 and
modulated noise signal $170 to produce highband excitation signal $120.
Implementations of combiner 490 may be configured, for example, to calculate
highband excitation signal S120 as a sum of harmonically extended signal $160 and
modulated noise signal $170. Such an implementation of combiner 490 may be

configured to calculate highband excitation signal $120 as a weighted sum by applying




squared val ues. In one exanple, subtask T120 applies a first-order IIR
lowpass filter to the sequence according to the expression

y(n) ax(n%vﬂz]mﬁ%o%s@ 1), (1) where x is the filter inpWeorysbdolids: filter
output, nis a tinme-domain index, and a is a snoothing coefficient having
a value between 0.5 and 1. The vaIueiﬁf t he snDothlng coefficient a may be
fixed or, in an alternative inplenentation e adapt.i .according to

an i ndi cat iveightitg Fastos o hasmppigallwistrnded sensl § S10; Fhae ulFt§§8? 'Ber to 1 in
the absence I Fabh QB welkhiilerdiesrpee catulmei se.  Subt ask
T130 ap 1%7@]8%%1%&@%5@1@%0“ on Fo eggcﬁ %arrpl e 2f the snpot hed
sequence h@oﬁﬁ@tnmebhmota menaomdrmay bepfised yalue phEBearnejveryy ahadgptve

i npl enentati o nv.e Sfbhikgd to performthe
vari ous sUBPa atsls(gf%lc‘t‘lgtpa | lrﬁ@%%%%ﬁsgbg%r Bgé‘?m I ee%hf ashion. In further

i npl enentations of task TlOO, subtask T110 may be preceded %a bandpass
oper ati on [oomsi]i}gﬁimda lﬁ)s}medsedﬂoca dikgeAny eﬂallfltl@gﬂmqﬁéﬁyl % he signal

whose envel o e s uc HiddZ 00130]
Combi ner 499 11351568?#5'@?9@(?3 (o ﬁ‘iq&gh?‘?g?({r]r%’%ﬁ%%{ﬁesﬁn gg?%r??f‘eg%veﬁlg nal ug[lcgo and
modul at ed h@ﬁhc?rﬁ‘caﬁ?r gRBhddakial $16pmad motulaed hbiansi geat SL TG @@nb19¢rg4ﬁ3tls 5120.

| npl enent ati ons of conbi ner 49

f d
cal cul at e confiigymesbinaveighs h@@%qnéﬁ‘?ﬁlé 25t %%#8 5’:5?% S‘Ja](gbl rﬁcecé) Eldm‘og{o t%% n?c af Fy

ext ended %%ln ? @&561@6 o R tﬁlbeﬂate@h&& §g@m817(ﬁac3:6’1ﬂmg$unhlsan

i mpl errenta ) iner 4 conf | ur ed t | cul at e .hi ghband
excitati onwesglgmgtfamm%,sﬂnétwtwﬁ'e@béﬁﬂﬁxﬁva 5’66‘}5}1?12%1 S3508, 169838

PCT/ US2006/ 0122 G 1kRE B @ih Yactx talowlawdr si gnal
S160 and/ ofo¢H° ‘ﬁBﬁ’uﬂ?ate !3 é‘g?%]ﬁ]g&ﬁfgzﬁ% bef or egh{:ﬁh% sumat i gn. Each
such wei ghgsonigat isehfigumedyo @@u@eﬂ aningvie weightep Fagion § L8 QANOIG Ve BE criteri a
and may be a fixed value or, alternatively, an adaptive value that is

cal cul at ed2gar 3% ane- by- frame or subfrane- by- subfrane basis. [000131]

FI GURE 16 shows a bl ock diagram of an inplenmentation 492 of conbiner 490
that is cqnﬁomyw@lgmn@ﬁalcmm taltwdathi F0aaybescofigyed torralquipieaveightifgy as a

wei ght ed sum of har I ded 2k g{é MRdsabededioi se
si gnal 51 7@ctorsorHsP gad 1155&5)23 %‘)émgg E\fﬂff‘ecﬁtﬁ%%h wel g%?c Armoni cal | y ext ended
si gnal S16(Q H?%\‘Bgﬁ&iéﬂ&ﬁaﬁdh AL Fwe;g.hrpamg m@dieoieSlﬁtkaﬂW canabingsi4ght
nodul at ed noise signal S 170 accordj.n noi_s B to noise

to produce h1ghband excitation signal S12 to havc a rat10 of harmonic energy

energy similar to that of highband signal $30. In some implementations of weighting

factor calculator 550, weighting factors 180, S190 are calculated according to one or

more parameters relating to a periodicity of narrowband signal 520 or of the
narrowband residual signal, such as pitch gain and/or speech mode. Such an
implementation of weighting factor calculator 550 may be configured to assign a value
to harmonic weighting factor S180 that is proportional to the pitch gain, for example,

and/or to assign a higher value to noise weighting factor $190 for unvoiced speech

signals than for voiced speech signals.

[000133]In other implementations, weighting factor calculator 550 is configured to
caleulate values for harmonic weighting factor S180 and/or noise weighting factor S190
according to a measure of periodicity of highband signal $30. In one such example,
weighting factor calculator 550 calculates harmonic weighting factor S180 as the
maximum value of the autocorrelation coefficient of highband signal $30 for the current -
frame or subframe, where the autocorrelation is performed over a search range that

includes a delay of one pitch lag and does not include a delay of zero samples. FIGURE



wei ghting factor S 190, and to output highband excitation signal S 120 as a
sumof the weighted signals. In this exanple, conbiner 492 includes a

wei ght i ngwf 32%69 07@? culator 550 that is configured tgp@EausdiRshar nonic
wei ghti ng PN 80 and noi se weighting factor S 190. [000132] Weighting
factor cal culator 550 may be confi gur33d to calculate weighting factors

5180 and 3190 according to a desired ratio.of ha i.C_conte noi se
content  {’shioivg i exranpdscef gk P 8T r@?»%ﬂo% ?Saﬁ&ﬁerggg%ﬁ%‘feé‘,e‘?@%ﬁ%‘% be
desirabl e_for caonbiner t.QuifhafY 6Raddt tiabamdpigKdagd. at i on signal 5120 to
have a ra‘f’eik@’%tfonﬁglrt%olﬁggl?%%aesragyl tfo ngl?se energy sinmilar to that of

hi ghband signal S30. In sone inplenentations of weightin f.act or

cal cul at of006E0K FIGIRE LY nigo Saatsnsxgnplo of WIQP@‘)%“:}&’%EGW%‘%&F’ 1(Izlgr ding to
one or npre paranet el.aL darsty GF highBindnamersdoand si gnal S20
or of thefaCWéF%‘b'aﬂ%ggofcé’LﬁuLa%Easlar}g?aé%g?,fpég{uch_ zs p?g%]ch ggglrn and/ or speech
mode.  Suckevam sthiR! BT Risasthgn thefcumeitdhaengdivided anto e apmBerAl STOBEE may be
configured to assign a value to harmni.g \Wei I ciLhifiey 180 that is
propor t i onad the gelan fmm@flf‘ﬁé‘?tﬂ?or?%ﬁl%%%erfr%‘flé\snglgltﬁ%} OP{?O assign a hi gher

val ue to ngaﬁa%dy\@‘drgﬁéﬂ Rerhast A meh@hel aboventhe Antecbregpasinatis pesfoghed s t han for
ch signals. [

voi ced spe 000133] I n other inpl.enment ati j 4 factor
cal cul at onvaScirch coge fgtinglidesn deday) CQ[?P%\PQB\}% %céc?c}e%%ﬁg?lﬁn%éna?&(}tl V)\/EIE ghting
factor S 180 anc_{egr noi se wei ghting factor S190 according to a neasure of
peri odi ci 5 °Sf""Ri*Ghband si gnal S30. In one such exanple, weighting factor
cal cul at or 550 cal cul at es har noni ¢c_wei ghti nr% f ﬁtor Sm%ﬁ% as the nmaxi num
val ue of t[bed135lnesceqost argwe deliged raneRcoyy Fﬁeg B AR gnal S30 for the
current frame or. subfr Lehl 6N, 06Ratcthtald therdssltipgsdbframed over a
search raﬁﬁé‘eﬁpﬂa‘ﬁ‘ngf {:ﬂlrlu e%elﬁﬂge%af of one pitch lag ang dogs not include a
del ay of zgiEnsHrasRNePmEIGEIREAMrPEo6!de s BENPEFMIBEIHE P 32 17 shows
an exanple of such a search_ran Dbt S e dRldeRe Sdiatally Selagsd er ed
about a @ISQWSQFCBH@%W‘&?#%@QE% eﬂlatgggﬁann%]t not greaI{ier f han one pitch

| ag. [0001,%]@Igalfa%e?f%u@:hme'ﬁ%ﬁvei\gﬁti@fammpﬂu@t@fssa@elpnl@‘fes BEPIB%ch i n Wwhich
wei ghti ng

actor calculator 550 calcul ates a 0 chRdicity of
hi ghband swejghingS3@or $118058 gB pygrags;of fegnaxmgug af’ﬁ?%?&ét?oe{lg%? ﬂiﬁ; current frame
i s divided into, a.nug feoSaleh kRS, IapEmbaticlalciyefghtingficon t he
aut ocor r el 2B 185@%%&& for i e

t 1s mximumis identified,.separ for each
subframe. Agcdimet3s0ned Atdwaontipgediossds tesPEeRR ?%ff&é?g’oaﬁlgn@gw

combine it with another value, to calculate the value for harmonic weighting factor

S180.

[000136]1t may be desirable for weighting factor calculator 550 to calculate a measure
of periodicity of highband signal $30 only in cases wherte a presence of periodicity in
the frame is otherwise indicated. For example, weighting factor calculator 550 may be
configured to calculate a measure of periodicity of highband signal S30 according to a.
relation between another indicator of periodicity of the current frame, such as pitch gain,
and a threshold value. In one example, weighting factor calculator 550 is configured to
perform an autocorrelation operation on highband signal $30 only if the frame’s pitch
gain (e.g., the adaptive codebook gain of the narrowband residual) has a value of more
than 0.5 (alternatively, at least 0.5). In another example, weighting factor calculator 550
is configured to perform an autocorrelation operation on highband signal $30 only for
frames having particular states of speech mode (e.g., only for voiced signals). In such
cases, weighting factor calculator 550 may be configured to assign a default weighting

factor for frames having other states of speech mode and/or lesser values of pitch gain.




over a search range that includes a delay of one pitch |lag and does not
include a delay of zero sanples. [00013511n a second stage, a del ayed

frane is eopsbétoisgd by applying the corresponding idghthdhshiselay to

each subfrane, concatenating the resulting subframes to construct an
optimally del ayed frane, and cal cul at?13ng har moni ¢ wei ghting factor 5180 as

the correl ation coefficient between the original frame.and the optimally
del ayed 0K ]Emhodimenis ineaide dpatier HE?lFWE‘}tatbé’F QﬁWFﬁgbﬁ?ga%Fath C%‘ﬂﬁ%‘?ﬁoat or 550
cal cul at 955({@5{599& 1o WBH SN ARGt ¥6ipBfinSh80ratcABing Ve EIRgR st utharaxi mum

autocorrelation coe 1g| clents obtained in the first stage for each

subf r ame. thanpt mreditiat topesiodicitye Fetraxpmgles weh an implementptigngpasy may al so be
configured to scal e the Welpk fed Gl NPEQN siRalshRERE 1t with
anot her vﬁ‘i"ﬁ’@}‘mﬁgo 855153&@%9{3; t%lgét?a ﬁ%%?%rfhﬁgﬁr}tggifc Wei gﬁ%tgl%ngS factor 5180.
[ 0001361 11as@pitcheagtnsi foakpeect Bgnalshayingi asgatlpittiotage Anothensush 550 t o

| cul at f, i odicit f _highb ' '
wher o & predemERas e BanE ey et iR 1 a T e R le At G727

exanpl e, p?hegﬁbhieﬁy bBGideban@absudh aeasl $16 oot ghbandatmbl §30; ectotdingal cul ate a
measure of periodicity of highband signal S30 _accordi to a_relation

bet ween anstdasure philie edaray ofdhe Henalg iplps gf the fndamept . GTJF%?IE‘%Y?C h as
pi tch gai % @ggﬂﬁgﬁ‘om% :é&gﬁaﬁ'agotﬁal H8ued) BRBoXANP! e, wei ghting factor

cal cul ato con ed to performan autocorrelation operation on
hi ghband signal S30 only if the frame's pitch %&;ai q ée. % . hed adaptive
codebook §eN3giSomeémplemeniationsof madsbarbirpeqheacedey Al AR agonFEe han 0. 5
(alternatively, at. Sle pRricici &h@ﬂn?&nli'@ﬂ E% 3B Eoit M i8Biching Wiadleor

cal cul at orou%ggan ﬁnélc%tgoﬁfoﬁgg?i%mﬁo perfor mya(néaut oc_or?% ation operation on
hi ghband shgfahe S3@rmonfioorfronharfoosivkbaskdon e pielt B3t ArdeT HPREBECHFPCspeech

mode (e.g., only . for voiced siqgnal. Lo S , eHhiag factor

cal cul at onQW%XY Oﬁga‘@boﬁfoﬂté’ﬁf gﬁgcflggdallsegé}%nﬁa%aagggﬁﬁ? amé/éb?ﬂ ge% n d factor for
frames hawjiaghaal bekcisdrbas B0 apsekik indidtommodoofigire s eperstinsaeh &f pi t ch
gain. WD 2006/107838 PCT/ US2006/ 012232 33 [ 000137 ' i ncl ude
further i rmpighiiegfatorealsulgtone ol Qe}faﬁ‘ﬁ%lslgc aﬁ“éﬁ%é%%%?%gg{ 4t are
confi gur ed, f.04.¢ 3| o RESIVE] @RtblAdg b IO 3660k diodg phrametear act eri sti cs
other than or n addition to perrodicity. For exanple, such an

i mpl ementation nay be confi gured to assign a hi hgho?‘(gol ue to noi se gain
factor 51900013911 perbh desitghlsfer ighPepdexsitafol, seaetg FTHRAN for speech

signal's hal%iglﬂ%n&‘efc%i& sﬁéﬁafglimch ARPIB 8herpp6ithe excitation signal is
substantially unaffected by the particular values of weighting factors $180 and S190. In
such case, weighting factor calculator 550 may be configured to calculate a value for
harmonic weighting factor $180 or for noise weighting factor S190 (or to receive such a
value from storage or another element of highband encoder A200) and to derive a value

for the other weighting factor according to an expression such as
(Whannanfc )2 + (Wnaise )2 = 1 b (2)

where W, denotes harmonic weighting factor S 180 and W, denotes noise

weighting factor S190. Alternatively, weighting factor calculator 550 may be
configured to select, according to a value of a periodicity measure for the current frame
or subframe, a corresponding one among a plurality of pairs of weighting factors S180,
$190, where the pairs are precalculated to satisfy a constant-energy ratio such as
expression (2). For an implementation of weighting factor calculator 550 in which

expression (2) is obsetved, typical values for harmonic weighting factor S180 range




i npl enentation of weighting factor cal culator 550 is configured to
determ ne a neasure of harnonicity of w deband speech signal S 10, or of

hi ghband m@@éﬁg%ég, according to a neasure of the erﬁfi{%’szﬂiﬁ/oiﬂ% 1?ihgnal at

mul tiples of t undanmental frequency relative to the energy o
signal at other frequency conponents34[000138] Sone inpl ementations of

w deband speech encoder A100 are configured to _ out p@t ag i.ndi cati on of
peri odi cifrom epout 87ve aAbait 1. ausl typical valyes for moise weizhiies RSOT bd%ﬁ%%er t he

frame 1S fth 1B 6195 a}?ﬁjﬂ 03" IR RABREIOR Jrlveighing hucaabacandi 950 anot her

measur e peri1 odi Ci harmonicity as described herein. In one exanple,
a cor r espandbe@niigidé baorapaectdingto adersicd of eeprassios @hihat if Rwddigdi on to

configure an operation.such as . Wej [ f tahi 1gp anot her
exanpl e, ¥GRATEIO F‘Hﬁﬁlr@g?’ﬁ? g %ﬁlﬁﬁg%%%ehaﬁg%@%agg%k%#%é/aosré?lgle% oet?er in
cal cul at i { BodtBlidEndiRrsighalSPgech node parameter. [000139] 1t may be
desirabl e for highband excitation generator A302 to generate highband

excitation signal S120 such that the ener of the exci i jgnal is
subst ant i WOPIANLAHTRCLTOAY OFRPT IS Y] ?llzecc{]ﬁpg%\%ﬁnﬁle&;heo %ehlltsghé&l%ﬁ%aéf actors S
180 and 5@:%9%&;5& et RrGasly 760 GltekY1gis bastaed wadatoulast the qflizerhy be

configured to calcul ate a_value for harnonic wei gﬁhtaipn%U]:‘ga?ljtf or 5180 or for
noi se wei weptesergatioacf ghe residigh CoACLPRK FRRESENSIROCYESPSBECIA X WHE™ 1%

1 om st or age or

anot her e} g rr%am? £1g{;§l dhapskaehns e bit ARO0A rdaek daBscd@yyicv@ebdok paenessor t he
aCt o

. Narro 1
ot her wei g?f'ﬂl ng r according to an expression such as rr = \VWnrnonllc

[z + 1 \ Wietrggcally quasl-pefi®ic intmeand octur, mesHy apisct iddz. Bgeawiitee WEadnt i ng
fact S 18 i ' Mei j 90.
AlatC e(r);lat i %ﬁvsaga&rvé%‘fﬁal“ﬂg‘@ %hﬁg%eg&g@%g?l\égIt%g%h{régaftbsgﬁé}%enﬁréur ed to select,

accor di ngpbigeabl¥ al tHehizhbandperi odicity neasure for the current frame or
subfranme, a correspondi ng one anong a plurality of pairs of weighting

factors S_1 519Q, er he pairs. .are Qfe ' a
const ant - équg@]ﬂ 5“’3’98’6”%%&?\&&%3 lmé’geﬁl}eél gaél %SnOf?li%q'fa%llt&o%cg%&%% ﬁ%ﬁrr%% %g{)?l on of
wei ght i ng gf RGQbnfE@sd toabAbrndai-iparsehdse filicringp FEGBREN §(hpwi 8 bisbker ved,

typi cal values for harnmonic weighting factor 9 180 ran & z\%a 006/ 107838
PCTI US700@@1@23@H19@1W§W18‘56§?2Bf.l?g‘ﬂﬁm‘gﬁ’ffﬁtﬁu‘i“.%ﬁnerélﬁo(ﬁgt9i al val ues for
nol se wel ghiidigad %ﬁ%aaséle%ggitm aniah Q8 BRsH hDdelubRized arttovibatd Ot her

i npl enent ati ons o hting factor calculator 550 may be configured to
oper at e aegeratibngighad producsdshyinveste quaptizes 3G FICHIRE Fhghows apieks i ed

accor di 10 {8 4Pl o RARRbh N3 146t ABhAE RALIEF RrRALTIREky ext ended

' includes an anti-sparseness filter 600 arranged to filter the spectrally extended signal
produced by spectrum extender A400. FIGURE 20 shows a block diagram of an
implementation A316 of highband excitation generator A302 that includes an anti-
sparseness filter 600 arranged to filter the output of combiner 490 to produce highband
excitation signal $120. Of course, implementations of highband excitation generator
A300 that combine the features of any of implementations A304 and A306 with the
features of any of implementations A312, A314, and A3 16 are contemplated and hereby
expressly disclosed. Anti-sparseness filter 600 may also be arranged within spectrum
extender A400: for example, after any of the elements 510, 520, 530, and 540 in
spectrum extender A402. Itis expressly noted that anti-sparseness filter 600 may also

be used with implementations of spectrum extender A400 that perform spectral folding,

spectral translation, or harmonic extension.

[000142] Anti-sparseness filter 600 may be configured to alter the phase of its input

signal. For example, it may be desirable for anti-sparseness filter 600 to be configured




and nodul

ated noise signal S 170. [000140] Artifacts may occur in a

synt hesi zed speech signal when a sparse codebook (one whose entries are
nostly Ze%z\ﬂ@é/fd?ﬁ% has been used to cal culate the quagptydSehso1z22
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rfgﬁ:& ORAiced saRals Snd B shemitaem: soate voirbh eigmals withurteltereteéen. y
v ekl o chiracized by A 10w P B (o6, duiliizbd Sark SARRES
Unvoiced signals are characterized by a low pitch gain (8. g

adaptive codebook gain) and a spectral tilt (e.g. quantized first reflection coefficient)
that is close to zero or positive, indicating a spectral envelope that is flat or tilted
upward with increasing freduency. Typical implementations of anti-sparseness filter
600 are configured to filter unvoiced sounds (e.g., as indicated by the value of the
spectral tilt), to filter voiced sounds when the pitch gain is below a threshold value
(alternatively, not greater than the threshold value), and otherwise to pass the signal

without alteration.

[000144] Further implementations of anti-sparseness filter 600 include two or more
filters that are configured to have different maximum phase modification angles (e.g.,
up to 180 degrees). In such case, anti-sparseness filter 600 may be configured to select
among these component filters according to a value of the pitch gain (e.g., the quantized
adaptive codebook or LTP gain), such that a greater maximum phase modification angle
is nsed for frames having lower pitch gain values. An implementation of anti-

sparseness filter 600 may also include different component filters that are configured to




of anti-sparseness filter 600 to be spectrally flat, such that the
magni t ude spectrumof the filtered signal is not appreciably changed. In

one exanp gl LgsgPar seness filter 600 is inplenment ; pass
filter ha{\y?ynzgg a ksrsgnsf er function according to the foﬁkgg?\?%%gdglogifézr essi on:

-0.7+z"" 0.6+z-6 H(z) (3). 1-0.7z-4 B60.6z-6 One effect of such a filter
may be to spread out the energy of the input signal St?x thtg]té it is no

| onger comodifiy thambaseioyenpig o ﬁﬁ%&?&f@%ﬁﬁ‘l"é@ﬁ%@@%&?}m% fi3Ts caused by
codebook spar - | Mef Pl RIePRiduefabb e Tthdiab@Signk ik asai gnal s,
wher e theé(%glg;ﬁlggg?ﬁlloﬁlgﬁ%ﬁ%eesg agi@tgh idnforrrafgl on, ang algsno for speech in
backgr ountbr fimimeehavBpaliosenpisch gajmpyadeesl y causes fewer artifacts in cases
where the excitation has |ong-termstructure, and indeed phase

modi i cat | o 5| 10 e NRHEESheSeratalas it REWISe ddkiriBRYobe

desi r abl eh@@l{%ﬁ?ﬁ aé:g'?rgﬂeg% r?)h%%gﬁgfeﬂr}\lggfs{ Pi&I?%bgr 66%{ t’_é) il terlrun_voi ced

si gnal s am it Awsenate legels bf the iizhbaidead neirgieand paitions of the Fynsestzedn.

Unvoi ced signals are characterized. |.ow,pi t. ' . ; i zed
narr owband‘”g@@%f’zstpie?fg‘ %ﬁLﬁ OSSFWP%Wgh% Hé%lgé’fl %W%d??&?g?@gcﬁ%%gﬁt i zed
first reflggg! inofAdkRRkS h SpeRhdenvélbge asirépresemse by bighbuaral coding paratrietess
indicating a spectral envelope that is flat or tilted . u rdé\g(}h
i ncr easi n§6s dephbsnshencadesiA2P maybe sorftepLed;te Ararpseryg Hal E?Jrgi\rl\sﬂé@% S filter

600 are cquf.] L L& 680 S0UPES if BIGURE a8, higithasdéredddey t he
val ue of ;Bﬂgb&gg@gta&%?f’?rﬁ‘tﬁ)%ﬂ[bgofiGlI?e?er VoI céd sounds V\/n%ﬂr;) the pjtch gain
i s bel ow aA20Riredives d highbars gajrefacter erdauiajen A230{bat ipganfigwied prbFaRe ©nr eshol d

val ue), an @%@%\é\”ﬂs %H}Seo%afr?‘ga%tto}srh%c&hﬁg% a re‘(%ti;fop Rekweh B%h@&rﬂd@&kga][%o 144]

Further i Nt -sparseness ter 600 i nclude two or nore
filters thalispiiesizedhiggbaadignal $130esudi &f edifietenerod raiabesTeandhorodi fi cat i on

angles (e.g.,. up.to 180 degrees). In such ti-ohpar seness filter 600
may be cor?ﬂ?r@l?ﬁégth%wgéllg@%fgveﬁﬁ%ﬁﬁ’etoﬁé%%e %rﬁr%(%)ﬁlgﬂet%ﬂf]ilnl ters according to a
val ue of tiﬁ@lemehfahoﬁadfmigmam encbee AQURH ghibent] gaulegitilater A2Hhapke or LTP
gain), such'that a_ greater maximum &hasEH{md' fi catige? angl ed.ni ?0 used for
frames hadikeyise sorfteupsd it aganggd ingiega o ca al"erfbi’ BHB AT LIRS “AneT -
sparseness_ filler i eBChi diitfarsennepamenand efditti@r s that are
confi gur edsu{:lﬁ)gb%%é’%%gag%%%&b%s 00%/01 2232 36 nodify the phase over

nore or | esgnab$8a drehighbeodiervitgtiységnal $490- such that a filter

[000146] The temporal envelopes of narrowband excitation signal $S80 and highband
signal 830 are likely to be similar. Therefore, encoding a gain envelope that is based on.
a relation between highband signal $30 and narrowband excitation signal S80 (or a
signal derived therefrom, such as highband excitation signal S120 or synthesized
highband signal S130) will generally be more efficient than encoding a gain envelope
based only on highband signal $30. In a typical implementation, highband encoder

A202 is configured to output a quantized index of eight to twelve bits that specifies five

gain factors for each frame.

[000147]Highband gain factor calculator A230 may be configured to perform gain
factor calculation as a task that includes one or more series of subtasks. FIGURE 21
shows a flowchart of an example T200 of such a task that calculates a gain value for a
corresponding subframe according to the relative energies of highband signal S30 and
synthesized highband signal $130. Tasks 220a and 220b calculate the energies of the
corresponding subframes of the respective signals. For example, tasks 220a and 220b

may be configured to calculate the energy as a sum of the squares of the samples of the




configured to nodify the phase over a wi der frequency range of the input
signal is used for franes having |ower pitch gain values [ 000145] For

accurate {Vgrpl[(l@@ld%?’ on of the encoded speech signal, PWS&%/O%% rable for

the ratio he | evel s of the highband and narro portions of the
synt hesi zed w deband speech si gnal SY00 to be si m lar to that in the

ori gi nal w deband speech signal @ S 10. In_additi l:ﬁ a spectral envel ope
as repr esespestivigubfraghbdatk |Cﬁ]@u16*§F a gaip dactor fe SS“ ?%ﬂ‘?ﬁg Hh8der A200

may be conflgure Ed. &8 ol 80 Wta’ﬁkma(bca‘i&ﬁateMegﬂﬁ@actw ng a
t enpor al P gt%ngaelr?\%l?ﬁc?%e és hown in GURE 10, hi gghband encoder A202

i ncl udes as the gqiiaﬁmboga'the fwomf)theemrwpﬂtlehban@%n%l@é@ ¢ He@peeY ured and

arranged to e Qne 0 tors according to a relation

bet ween hFgHiss B‘fgllggli‘ﬁ'fi §]§§3’stn%e5£r%%gd hi ghband si gnal S130, such as

a difference or ratio between the energies of the two signals over a frane
sone pﬁlﬂDMﬂ]Iﬂrﬁ@Mcsudtb]e fair h@bandrgainefn@m cfquéater A330rp §apeniguedcoder

A202 hi ghband_gai n cal cul at or. A230 o] but
arrangedgf“h‘irﬂ1 ths SERIFERf ?i’ceegletst?ecoé%‘flﬁyenve dg{’vgleggggcglrg iifid}@wé@guch a

time-var y fﬁﬂ@&d}ﬁﬂ JpelNemImbleglehatich ’Ei]@nﬁlgaﬁ:{@ctanmlunDmmhﬁaO(exm tation
si gnal hband excitation sign or al
envel opes 'Raﬂk'ﬁ%JrSFt@ﬂﬂeﬁﬁ@ VEREQWIAE ALY t@ﬁ‘é%hggé @{‘?gg%ﬂ %targ@ﬂ@%nal S30 are

likely to b EroPRBGPEthred hiRbindiyel S189. t hat is based on.
a relati oﬁp@eet%\}\}gegn ew1ﬁ§@ﬁ§£ﬁ{n rll% Sglg and n?rhr owband exci tatgstﬁn si gnal S80

(or a si gﬁ@lenﬁﬂfatmmﬂmaenéﬁ?@mf t@lﬁ&:ﬂoa@%?mla& P EBTBEHOSTGnal 5120 or

synt hesi zed _ hi N4 foY thB SutitRin® Rfifld Ci ent than
encodi ng d°HEF d’%%?‘?mg%’nb |ghg%nd signal S30. In a typical

i mpl ement %hh&@roo%bﬂt’hbamd) ﬁn@mﬁﬂrglesAzoz is configured to output a quantized
i ndex of eight to twelve bits that specifies five gain factors for each

frame. [0001471H ghb n fac je@af i gured to
per f or m gdffP 1493&8’6?’%83?53@'3 Hﬁﬁ Oﬁl%lﬁagog%leﬁspgc}le or nore series
of subt askgyaihGURGr gylamrﬂbfb.\hﬁlnaoﬁlhg)ﬂmbﬁwﬁ thmfpraducewmlpfﬂetomh)%fﬂaﬁ uch a task
that calculates a gain value for a ndi n%{ d‘;«?sco g}; 8&%@’5&% ng to the
rel ative ebteﬂpgll@bln(ﬁﬂONP@%%ﬁﬁ](fa%’i‘ﬁlﬁﬁqy toé ce QU IREEPLLE ™ and signal S
130. Tas ks%‘%%%%esarﬂ ofié Qﬁr@ﬁé %‘&h‘%ﬁlﬁi éahﬁfa@t@ﬁéaﬂlélﬂﬁoﬂ&ﬁdie corfffgluredS@amﬂly ng

subf r anmes e ' respectil gnhal s° For_exa K 20a.and 220b may
be confi gus gspekaidalalieddwing fmmeomas@hgvn %F@Lﬁ?%ﬁ 1 WE‘ Eﬂl‘i’é’}”@‘%o%f t he

sanpl es of OXEC?IEPSV\Cgcg OP &1/ \gg § acen%H%Qsorg/ St 24fzecond. FIGURE 23b shows.
an application of this windowing function to each of the five subframes of a 20~
millisecond frame. Other implementations of highband gain factor calculator A230 may
be configured to apply windowing functions having different overlap periods and/or
different window shapes (e.g., rectangular, Hamming) that may be symmetrical or
asymmetrical. It is also possible for an implementation of highband gain factor
calculator A230 to be configured to apply different windowing functions to different

subframes within a frame and/or for a frame to include subframes of different lengths.

[000150]Without limitation, the following values are presented as examples for
particular implementations. A 20-msec frame is assumed for these cases, although any
other duration may be used. For a highband signal sampled at 7 kHz, each frame has
140 samples. Tf such a frame is divided into five subframes of equal length, each
subframe will have 28 samples, and the window as shown in FIGURE 232 will be 42
samples wide. For a highband signal sampled at 8 kKHz, each frame has 160 samples. If

such frame is divided into five subframes of equal length, each subframe will have 32




37 respective subfranme. Task T230 cal cul ates a gain factor for the subfrane
as the square root of the ratio of those energies. In this exarrple t ask

T230 cal cy oaztoﬁqz g gain factor as the square root ofpdihgb@loiRsPf the
ener gy of highban SI gnal S30 to the ener gy of synt heS| zeé hi ghband si gnal
S 130 over the subfrane. [000148]1t y be desirable for highband gain

factor cal cul ator A230 to be confi to | at subf ame energi es
accor di ngsamples. Wﬁb@%rﬁ@wfﬁﬁﬁmwwﬂépg%ﬁéaﬂﬁ%gﬁg @eﬁ‘f"%ﬁbﬁ% “of such an
i mpl enent gt v‘é. Sfentaibis, %ﬁbﬂﬁh& dJrags Qfdtl?ﬁhh?blé el Oamdtinis kveh2RBsible Tala T215a

applies a dow ng function to hi % hband mgnal 530, and task T215b
appl i es th@l&ﬂu&atmmﬂdmhh@dfgmai%‘ 1qr 230 ie RecqrfigarerityF9dPeE &i gnal  S130.

| mpl enment g@% %l%?&%t()? &e%&‘?%ﬁﬁ» Jasksne220a and 220b cal cul ate the energies

of the PR W n T230 calculates a gain factor for the

subframe as the square root of the rati o of the ener [O 49] It may
be desi r a[i0615IFEHIREY. 24 shiwsrblovkdiagramof @wmmpewwﬁ% E@#

subf ranes. t g& QQII prdoact ors

whi ch malyCI %gera%%ﬁ%%bﬁn%ﬁécgg% i&@ﬂc % féﬂﬁ%&&ﬁ{é}i to reduce or avoid
di scont i nuat ¥ coefigredto photics Blrgﬁband Iemcltatlen sgthIléO bns@hmamv@amh f act or

cal cul ator A230 is confl r p pe Ol.d function as
shown in Fxeafen sigeal SPG; ﬂﬁ?eé HEHB%%H%WFM gérﬁla%ségneggh g%}q‘ﬂie}ﬁtm adj acent
subf ranes ? 1aQBE edhelddr 00 By telibiBReR3D actoaiigs to s oarmphmplamemtmfs this

wi ndowi ng functi on to each OP, the five subfrarres econd

frane. O Iwéhlghbqyﬂ@ﬁgtﬁﬁlatl enester AR BesqebegheRep: a@ﬂ)‘?ﬁ]é’d‘f 'é&F%‘iaH‘R‘l\zso may

be confi gur PidhabaiteR8mdtdsh@isend thever | ap peri ods
and/ or dll?lPer e&}ﬁ%ﬂj%o&& a%ﬂe%ge%éégg?orectaangul ar, m% ng) that nay be

symet ri calighband asyanmtgenﬁra’dor ofl the hlshlzﬁlﬂdGHW‘%‘Pfﬂh%P%ﬁ‘ul%fﬁoihﬁﬁ FEHEht at i on of
W ndow ng IREHSE MBRO B0 g e LD i T R e e for &
frame to 'n@ﬁbﬂﬁeﬁ)dseblbftat@fmgnﬂfsmj Hdfwervemin mmugashshlghlpand@&@@}wwmmr
limtation, the follow ng gal ues are g’i’ﬁ?‘?ge . ﬁg@ﬁ: for particular
i mpl ement 413082y bs ipglemelicd {¢ RV RATY g tor se cases, although any
ot her dur %Jirgﬂbmydegé‘deygﬁb afiee@ndii g 1ﬁv@§®aluam¢m8%d70 kHz, each
frame has 40 sanples. If such a frame is dlrrgl de |nt ve subframes of

equal Iengieman@a@:*tncoéﬁﬂﬁaﬂ@wbam axeitgign sigvg i ie S(’B?ﬁﬁl Twi ndow as shown

o7 SURE 3R whhdd aeBEucd 8110 ?o[ﬁ%' iRDIHielfd 1SR 1ule B BBARCbrah@plscaaupl ed at 8

filter 600 arfanged to filter the dequantized narrowband excitation signal before it is

input to 2 narrowband synthesis filter such as filter 330.

[000152] Inverse quantizer 560 is configured to dequantize highband filter parameters
$60a (in this example, to a set of 1.SFs), and LSE-to-LP filter coefficient transform 570
is configured to transform the LSFs into a set of filter coefficients (for example, as
described above with reference to inverse quantizer 240 and transform 250 of
narrowband encoder A122). In other implementations, as mentioned above, different
coefficient sets (e.g., cepstral coefficients) and/or coeffictent representations (e.g., ISPs)
may be used. Highband synthesis filter B200 is configured to produce a synthesized
highband signal according to highband excitation signal $120 and the set of fiiter
coefficients. For a system in which the highband encoder includes a synthesis filter
(e.g., as in the example of encoder A202 described above), it may be desirable to

implement highband synthesis filter B200 to have the same response (¢.g., the same

transfer function) as that synthesis filter.




such frame is divided into five subfranmes of equal |ength, each subfrane
w Il have 32 WO 2006/ 107838 PCT/ U82006/ 012232 38 sanpl es, and the w ndow

as shown jn F 23a will be 48 sanples wi de. |n ot hgrudiileeent ati ons,
subfraneswgfwé?%%\%dth may be used, and it is even possible for an

i npl enent ati on of hi ghband gai n cal cul®at or A230 to be confi gured to produce
a different gain factor for each sanple of a frang. 01 I.GURE 24
shows a b[0SOK3HIHaghbard deicodas B2RP Elepdiudes WnWﬁangﬁrgggg?{gﬂghge&?%Jder B200.
H ghband decoder ,B i NG %dgggﬂ%@ﬁﬁﬁ@éﬂl@nsge(mg.aaor B300 that

i s confi gffEE" Zghbg%%grﬁ%gﬁ%?%ﬁ%%nd excitation signal S 120 ba%ed on

nar r owbanehuletiet breduifies)conigur@Bod aDepgaddp ARPlH HISdeaugsHFLd S BFIOLYEt em

desi gn choi ces, highband .exci ' : _RY a baclimphRAeNt ed
accor di ngﬁteo*y%‘il‘}?l@%mt‘a@a?%%aﬁoﬁrg@#ggg%%@%%ﬁ%d exgi_t ation gener at or
A300 as deshaiDameldps 6f Hfrarhy fispedified iyt mors titesine ghindadter, 24inBPEIRbnt  hi ghband
excitation generator B30Q to, havg the sa e i ghband
exci t at i onslegrentIRrBAY BlULH o8I cﬁﬂﬁ%{ﬁﬁft@ﬁgﬁﬁeetée %ﬁgﬁﬁgr%%rt%%meg{rl%godi ng
system Becayse ﬁtﬁgib%ﬁeg&éinge&QWdo&h%Mtioh_m&}niacyaaleltlgp saeefonrm

e

dequanti zation of" enc narrowband excitation signal, S50, . however, in

nost cas esliffiergityeindbvang fungtiorogs agalicsy byt ogain t?ﬁa@'gb g'lgh%r?doeg%nnt ed to

recel ve narf ouhand6x i Akl Al B dioater. Napmavbphshotatoda B0 and
an

need not i nver se [ I"zef configured to deg$gntize encoded
nar r owbanchigiahd asdoder BI0GngHin G5rol ¢lemens 580 oAy nEEYES P r owband

decoder Bl 10 to be j.npl nted to i L I &ita80h kizhglar seness
filter 60@%&%@%‘8&4% @ﬁ%r‘%ﬂ%@%a%%ynﬁﬁfgﬂoﬁglﬁ%gﬁg exci tg?i on si gnal
before it && orit§Righbdnd elcitubion siphasd2@ynt hesis filter such as filter 330.

[ 000152] Inverse duantizer 560 is configured to dequantize highband filter
paraneters S60a (in thi xanpl e, .t J e to-LP filter
coef fi ci enf000k34has Wﬁﬁ‘@?ga ?VSYEW i"&ﬁ?@f&ﬁr% tgétglhﬁ‘%%mﬁe? % 1LSF_s into a set

of filter ﬁigﬁ&akh%hé‘dawarﬁflﬁ’%hb@mb@l‘ (@g., bylesug degeentzbdvauesidiing ef er ence to
i nverse quafiti zer 240 and transform 250 0

f .narro er Al22). In
ot her i npl emwedingl. i Ows it raay Heedepir 248 gfys&qggpé@&%ggé}f@?d ent cZet s
(e.g., cepstral (AN AROLAE freefibdpehdng ndisngeasentsinihighbaie. g.
| SPs) myl%@elﬁesn(ei%fonﬁpéh%g%tg}gynt ﬁesi s fi Idtper, gngCl)O is, configured to produce
a synt hesi zgghatifti glnbands ABghad BIOo Fer srgmpls, h}%%l&r?&%%@f‘tgﬁ%%?ﬁsi gnal S120

ancodor | neviee BEapsfEtLinblHprion Moy Bo Sl afad clpbifc o cOUGNDANC

noise generator is a deterministic function of information already coded within the same

frame (e.g., narrowband filter parameters S40 or a portion thereof and/or encoded

narrowband excitation signal S50 or a portion thereof).

[000155]One or more of the quantizers of the elements described herein {e.g., quantizer
230, 420, or 430) may be configured to perform classified vector quantization, For
example, such a quantizer may be configured to select one of a set of codebooks based
on information that has already been coded within the same frame in the narrowband
channel and/or in the highband channel. Such a technique typically provides increased

coding efficiency at the expense of additional codebook storage.

[000156] As discussed above with reference to, e.g., FIGURES 8 and 9, a considerable

amount of periodic structure may remain in the residual signal after removal of the

coarse spectral envelope from narrowband speech signal S20. For example, the residual
signal may contain a sequence of roughly periodic pulses or spikes over time. Such

structure, which is typically related to pitch, is especially likely to occur in voiced



(e.g., as in the exanple of encoder A202 descri bed above), it nmay be
desirable to inplenent highband synthesis filter B200 to have the sane

response é@zg E%g sane transfer function) as that spuhesiswidniter. WO
2006/ 107838 P (383006/ 012232 39 [000153] H ghband decoder B202 al so

i ncl udes an inverse quantizer 580 corffd gured to dequantize hi ghband gain
factors S60b, and aégﬂal n control el epent 590,

anpl i fi er ypecandi gupls: lmloapraﬁe@&w%feafﬁm%ﬂ?ﬁé?fg@&aﬁﬂ‘f’?‘j‘é‘&e‘g‘g‘faﬁr factors to
the synt heSI é%gagrﬂl}]&{é gocﬁhggﬁhstpﬁclmtﬁﬁﬂﬁ@a&bﬂﬁﬂg?tﬂdt wodghef lobd@®m For a case

in which nvel ope” of frame is specified by nore than one gain
factor, @exﬁbchmytarsmdzpresehtedrbmtfmfﬂ@mﬁ@yoﬁerﬂ?l%éC‘PQ?BPQ}‘Sconf| gured to apply the
gain factors to the respective subf rames, possibly according to a

wi ndowi ng ty &aﬁéﬁ@ua@é | niliyfdoe it thel pegiodicity f uncti on
as appl i e(ﬁ&@ggﬁiaﬁg‘apn cal or ? y ba1 dygal n . calcul ator A230) of

t he corr espsrixaghi Eﬁnb&mﬂpleﬂhmﬁadual El;gnaitm@r1n¢1w§ﬂ anallitiers A% of  hi ghband
decoder B202 nt r. ol I g
yjo{] the gjﬁﬁtllg}]stoﬁ h‘le P ug\ﬁ? S, e h '?Hamhle skahc GOt &Y sﬁéi:e@We

arranged ﬂ“’%‘g garn ct ors to narrowband

exci tati onysh gidds in #%Unelard bt Bx@tipamal end:ihe siticture & ph ghiteseggdar. [TheH154] As
menti oned "above, it nmay be desirable to obtain the sane state in the

hi ghband éneprsiieatfad it FAMETIIRECHHE Y e. 9., by using dequantized val ues
during encodl ng) Thus it nmay be desirable in a coding systemaccording to

such an gy h%[bﬁéﬂtaﬁﬂﬁéﬁf&raﬂbﬁb@ﬂrmc@ieﬂemwconfrguecscbondl ng noi se
generators I'n h| ghban

exci tation generators. A300,and B30 L£xa | e,
hi ghband epedbtrawmlﬂg@wfélﬁspmhﬁwt‘gﬁgyBB‘E}@méf'm363&1? Eéﬁ | Srvpaﬂgﬁ%nt at :rgn may
be config res H&hetRabs #J}ﬁlﬁﬁhﬁ{tﬁaﬂfn by otﬂé}w&@ iRk @droadaptvestime

determnis unction o f'ormation already coded w hhl n tbhe sane frane
(e.g., narwa*pﬁgrinith’mehtceiredpmtah@l'r%mlSﬁ@%ﬁm eptiFR PRFCCATIRY *®and/ or encoded

narrowband excitatio i Eﬂgfﬁr 8Rtine (£.008k5RInNe or
more of tHEOMHEHH Fozsé’regs%'w%qﬁfﬁwgggael?m@%t sag%%crgpg e 8_ glgqt quanti zer
230, 420, @foné 399n0f’ﬁiérd%@tu@mé1glgmgeddfnneqwrrﬁmm@ﬁc@ﬁﬁmaéQPW g
quanti zation. For _exanp ant i Y, dqured to select
one of a swpultpg %Hé%b%@ab%@@@hly%%ﬁfrgﬂéﬁqf}&% tgr%‘?{: ﬁ E lgl ready been coded
W thin the §§ﬁ%zfaﬁ - fitdh b uRa iy Ry ane bycmmm of EEHP @nchﬂrstch]éedm ghband
channel . a technique typically prov i ncyeased coding efficiency
at the expRelagatioh C@ddﬁﬂﬂtﬁﬁd—lflﬂ%ﬁ@%iikn & gneoaers

[000159] An RCELP encoder is typically configured to perform the time warping as an

adaptive time shift. This time shift may be a delay ranging from a few milliseconds

negative to a few milliseconds positive, and it is usually varied smoothly to avoid

audible discontinuities. In some implementations, such an encoder is configured to

apply the regularization in a piecewise fashion, wherein each frame or subframe is

warped by a corresponding fixed time shift. In other implementations, the encoder is

configured to apply the regularization as a continuous warping function, such that a

frame or subframe is warped according to a pitch contour (also called a pitch trajectory).

In some cases (e.g., as described in U.S. Pat. Appl. Publ. 2004/0098255), the encoder is

configured to include a time warping in the encoded excitation signal by applying the

shift to a perceptually weighted input signal that is used to calculate the encoded

excitation signal.

[000160] The encoder calculates an encoded excitation signal that is regularized and

quantized, and the decoder dequantizes the encoded excitation signal to obtain an



[ 000156] As discussed above with reference to, e.g., FIGURES 8 and 9, a
consi derable anount of periodic structure nmay renmain in the residual

si gnal afé,re?;%d;@@gs%gl of the coarse spectral envel ope §0M,hakiB¥and

speech si For exanple, the residual signal may contain a sequence
of roughly periodic pul ses or spikes dver tine. Such structure, which is

typically related to pitch, is especially likely to o r in voi ced WO |
2006/ 10783@@60@@@@@@@9@#@@2@3%&H%Qﬂf@fﬁ%fr%h S@fﬂg %Ae%??egf a |
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peri odi ci t§&% or exanpl e, the residual signal may include
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that the doenishiRezubdtaivanensls ool theresigialsignpl gasisstojencede; WHISR ar e not
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war pi ng i r}néﬁﬁ'e SRALHEE st by iRRe fh@BPdr.subRimehavink @ lorgtte stucee,oder  may
be configured to select or otherwise calculate a degree of warping in tine
(e.g., accurdanypicedsigral. Bmasven pefstpla P‘?K%’F"Qﬁ? ZEER B & r or

mnimzation.criteri. 16 s, Vasub irhplementaidndbf RCEEPgodihg opt i mal |y i
fits the no g?&%%tﬁ{iﬂdﬁ%ly%ﬁ%hgg%gdi%t . Reqlﬁll arization of pitch structure
i s per f or ned dayribedsinfis 81 Pabs. NOELSHT04:963 dleiin ebal)) apd 6.8E) 23R Be Excited

Li near Predi_ction P ] : RBrfRRGASRIfI S typically
confi gur ed8lsoEﬁ%@?ﬁ’)ﬁ%‘%h%m?&%r%%ﬁegp%sﬁgnE)é%é‘lggfﬁ k\?e time sohi_ ft. This
time shiftpopyPhedds Beludythe Bapimed VadahlaRéate Worded (EVREDossckescriveditt i ve to a
fewmlliseconds positive, and it .is | kY, par £ 0 avoid

audi bl e di Telesammpgni¢atins mﬁw@moqlwﬁﬁﬁtléf%n%{d%ﬁeu?‘ﬁpﬂgﬁme%%% er is

conf § Qur edpl g fpAbekich 1230} Silickibld Wk Woedaf @AW, se fashi on, wher ei n
each frame or subframe 1S warped by a corresponding fixed tinme shift. In

ot her inplenentations, the encoder is confi % rec% to ac[)ﬁl 4 t heC
regul ar i zaf008h62d¥mfprivprielynigsHatiZasrP MY SRR BTG 1BLR KT 3{ L ame or

subfrane is ' itRioniid &ive@Bbalhe itbadl adolwdahda pitch
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2004100982 5&itatidthsi gresh (ke s 4 system including wideband speech encoder
wideband speech decoder B100). Due to its derivation from a time-warped signal, the

highband excitation signal will generally have 2 time profile that is different from that
of the original highband speech signal. In other words, the highband excitation signal
will no longer be synchronous with the original highband speech signal.

[000163] A misalignment in time between the warped highband excitation signal and the
original highband speech signal may cause several problems. For example, the warped
highband excitation signal may no longer provide a suitable source excitation for a
synthesis filter that is confi gured according to the filter parameters extracted from the
original highband speech signal. As a result, the synthesized highband signal may
contain audible artifacts that reduce the perceived quality of the decoded wideband

speech signal.



configured to include a tinme warping in the encoded excitation signal by
applying the shift to a perceptually weighted input signal that is used to

calcul ate the encoded excitation signal. [000160] The e ul ates an
encoded eXY@ 4419 3si gnal that is regul arized and quan§| z%g,ﬁland t he

decoder dequantizes the encoded excit4ion signal to obtain an WD
2006/ 107838 PCT/ US2006/ 012232 41 excitation signal .that is used to
synt hesi z gaohed]dee ot gepens ihtine gexlalso Tawe MeEitenres R EPREEPRal t hus
exhi bits the same varyin AP 1BGyisia Hefivdeh Breanmpster
excitati Oﬁn%ng}ggﬁ\sgg}e 185%%5})&%%(5}3?& Hon. 1Tygi cally, no_informatjon

speci fyi Ngnidiepes bEGHoRbardeicttatiamagmi 880 sdthighberd #igesd SBQ Pren@dtigder .
[000161] Regularizatiop ten t.0. nake resi ' I L&r to encode,
whi ch i nysheoRaisenviiope Bﬁﬁhﬁglé'g‘é?“ﬁl ﬁi%“&*r(r?"tcig]@ﬁﬁgéﬁé“%?be&?dr’%%F%&?é?%?ﬁgﬁd t hus

boosts oveLalde démltges,ﬁiiﬁ&@&@myodi@ﬁaciamyynw tehroalized eneamanaraigoar t i f act s.
It may be desirable to i

perform regul arizati,on only o E RS are
voi ced. Fancadimgthe eainﬁaYﬂmﬁﬁbﬁﬁﬁl%n@g%ﬁwﬁ&‘?ﬂegW 3“%]8{101‘” éurselg‘ﬂl ? %)S shi ft
only those franes or sar.fsgél hBY i b weSlitded. ETHE Bilsalippinentin tinguch as
voi ced si gtﬁ%ﬁlngea’thorvaei&g@én & ‘desi rgbl e to performregul arization only on

subfranes Hehadeninagbwibimdeitichiopsigad S8Aang pishkandisignal 330 EHI%t i ons of RCELP
coding are described in. U.S. P 7 (M @bidch n@ly ddp.) and
6, 879, 955 fussRsfions{g aPW”B%%&bﬁ%‘?%ﬁlﬁ%ﬁs %i%’ %2%8%/%06(%82502 (%ovepsi et al.).

Exi sting inplenentations of RCELP coders include the Enhanced Variable
Rat e CodecoheMBOEmbedimess archide cheitipds FEWiscbanhsntech LIS HEREEPY Associ at i on

(TIA) 1S-127, and the Third. Generat] rshd jigGhded it 8GPP2)
Sel ect abl efimpFaPREL YIS %WPee%%gﬁcomggggﬁﬁﬁ\gﬁn%#eguI ari zati on nay

cause pr obé&fgg%gng{ng%n&@déﬁlﬂ&ﬁ@wﬁdnéeﬁdsitaﬁomsignali Rotehiiat Rdvaneases of$Bethd
excitation is derived fromthe encoded narr { ] fgnal (such
as a syst emethods ndiudejimpradpg Hig WX 0 ag?‘ﬁ‘?g%‘g?v%%\%ﬁ Sgéﬁ%gh E%B%\%@g%d speech
decoder B 100).. il B6diNEd hiAbdnt @ain@ntdlog- war ped signal, the

hi ghband e%]?l%]‘élpgé{ﬁ'egj?%%ﬁac? 0s\/i |1 gSenlgr al | 3 have a tine profile that is

different fromthat of the original highband speech sj lher
words, t he[mogﬁﬁaﬂauaﬁaﬁtsb@wmb@%ﬁamm?@? Hﬂ%lelﬁgrﬁﬁ%orn ‘ggﬂzlﬁfnvg@fg%%ous with
the original hi ghband, spe | apAb ind QRS &6 FhplAnétitaini 2w hatrowhande
bet ween thép%gl?%écag i%@@a%‘gg%c%cgt%t ion si qnalp_and t he o%i.g%\gﬁb hi ghband
speech si gRatodBRN1ZRMSHEs senfiened tppofirarsgulmiatiendyrnesalcp Rl Bd

encoded narrowband excitation signal $50. For example, narrowband encoder A124

may be configured according to one or more of the RCELP implementations discussed

above.

[000167] Narrowband encoder A124 is also configured to output a regularization data
signal SD10 that specifies the degree of time warping applied. For various cases in
which narrowband encoder A124 is configured to apply a fixed time shift to each frame
or subframe, regularization data signal SD10 may include a series of values indicating
each time shift amount as an integer or non-integer value in terms of samples,
milliseconds, or some other time increment. For a case in which narrowband encoder
A124 is configured to otherwise modify the time scale of a frame or other sequence of
samples (e.g., by compressing one portion and expanding another portion),
regularization information signal SD10 may include a corresponding description of the
modification, such as a set of function parameters. In one particular example,
narrowband encoder A124 is configured to divide a frame into three subframes and to

calculate a fixed time shift for each subframe, such that regularization data signal SD10




hi ghband excitation signal may no |onger provide a suitable source
excitation for a synthesis filter that is configured according to the
filter paﬁ@ﬂﬁ xtracted fromthe original highba Lgnal . As a
result, the s@ﬁ@%ggized hi ghband sign%] may contain gﬂaﬁ@ﬁgﬁg%?kgacts t hat
reduce the perceived quality of the dédoded wi deband speech signal. WO
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correl at i ommriosbhidkegnal.t 0 exi st between the tenporal envel opes of
narrowband excitation signal S80 and hi ghband signal S30. By encoding the

gai n envel hj ghband si accoy di t ation hetween these
t wo tenpo@@&l@i%@g’ﬁ%i, oY epﬁ%tiegg?é% ?‘b‘%ﬂﬁﬁg%ﬁ?ﬁﬁ&aﬁw Erealized as
conpar ed tQlvaRRes dind pbhngaf Mgitare bxpeh it sst, YiecoMigp td deayehsnead

narrowband excitation signal is reqularized, however, this correlation my
be weakene@dicathdbyrmEPPigHgRsh Lo PredeGeime-Katpaehighband sprash signdh3Peaki on si gnal

S80 and hi ghbanshis Hanal in FREURRY 5Ca@SElineD 1484 &InFORRd i QAR in hi ghband
gain factors SGC%), and 1Iéodl ng ef f.i c%i%ghngy may ﬂ%nol . ?0(1)0165 Enbodi ment s

i ncl ude nehipidund efeeol o eird A0 sqrenting tebodamipgtindicatqsidryf rogwinrizatioe dstar pi ng of a
hi ghband s ik g i i roiLng incl uded . in.a
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[ 000166] FI A0S SRETI ] SR gh A br AL oeh T amek POR: ataeis

wi deband BpEegsh epandelemdiOfom EREBSRIendbded AROG, it I@Sr idplématkaimRat at i on A124
of narrowband . encoder A120 that 1 s configured to performregularization
during cal &laydinedn 28is urmeedasRiet hedrghbandersodstci t ati on signal 550. For
exanpl e, narrowband encoder Al24 may be configured according to one or
nore of t hpobYeoRiRPINSIBRdRdticRE 6f M bSaHS §RDderdN08Nay RRAEFlBRfy oWband
encoder Al24 is also configured to output a regularization data signal
SD10 t hat RpEEnEpEdat welyarégweLB@ apalpEs)\h Ehsi ey 2esp hisdbandspeech igndlus  cases
in which § L O, t ] time shift
to each frgﬂfrfea{na\g? su r?‘?gﬂn(g% Feéul%i gir%mz)%ﬁr%%&ﬂg{%galssl%é)ﬁ%rgrééﬁ)él}%ﬁ%%fncI ude a
seri es of highhaed ghingreareiongSoUbadhch amecedsr firtay amabudet fomsxamplé.mneger or
non-i.nt egeirmp\féanlle%?aujoﬁ of GNT ol Df‘flﬂ?-ll'a%géd to perform the time warping, In such

cases, however, highband filter parameters S60a based on the analysis of unwarped

signal S30 may describe a spectral envelope that is misaligned in time with highband
excitation signal S120.

[000170]1 Delay line D120 may be configured according to any combination of logic
elements and storage elements suitable for applying the desired time warping operations
to highband speech signal S30. For example, delay line D120 may be configured to
read highband speech signal S30 from a buffer according to the desired time shifts.
FIGURE 26a shows a schematic diagram of such an implementation D122 of delay line
D120 that includes a shift register SR1. Shift register SR1 is a buffer of some length m
that is configured to receive and store the sz most recent samples of highband speech
signal $S30. The value m is equal to at least the sum of the maximum positive (or
“advance”) and negative (or “retard”) time shifts to be supported. It may be convenient

for the value m to be equal to the length of a frame or subframe of highband signal S30.




mlliseconds, or sone other tine increment. For a case in which narrowband
encoder Al24 is configured to otherwse nodify the tinme scale of a frane

or ot her %%?@@?ss?f sanples (e.g., by conpressing 0%’19%2536&?@%%8 ay

expandi ng ano portion), regulariggtion i nformation’signa
i nclude a correspondi ng description of 'the nodification, such as a set of
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W deband sp@egkd gﬁcf@;d@@mﬁl@! QFbxaﬁizﬁdﬁaata sighidb10l TR14ER Fenfhaweed to
advance or retard portions of highband speech signal” S30, according to

del ay anmpwepBeurpdin eapeticaw! adyanossnd refard digits or.alipmatdivedy ong Hmitdaegred

hi ghband I . N F . del ay line
D130 | 5 conft ae s Hieh T Breakehahil ey BEBERUETIF U ARl BB e 67 ng 1o

t he war pi nghérn#IGERE@6byhavesgupagiculaa txamplel tinbsuppontpealbrgsDidditivenhamuch nmanner,
the sane ampunt of ti I pi at s i.ncl yded i encoded nayrowband
xci ¢ ar orfCertile et T RUR) BAOHLN B Bk Rted 5 S onE PR SO RGrRElsh ot

hi ghband speeiede (dé@ading 58 an bethor s andthyt sxanfld)hough thi s exanpl e shows
delay line D 120 as a separate el enent from hi ghband encoder A200, in

ot her i npl ions . del line, D120 is arranged as part of the highband
encoder " [BBERD} R Tzt on e h b NI B HE GBS DB Ser A200 aybe
conf i gur edniigsecdfls iy RasR QLR artefiab #iSthé décddé sigdaP Craicdily $heShagfituddre

unwar ped hi ghband_ speech S|gnal S30 _and to performtinme warping of

hi ghband sPédestlaizghien imsehifas pereormaf byipaarowbaH eneadghbbduvidiot par amet er s
S60D. SUCrbx@ébd%%@%ﬁlis@&éﬁ?%?%l‘{’tﬂ%thé Qe %ﬁ%aﬁatelagygﬁg%ﬁmtﬁd on of delay

line D120 arranged to per e time warping. cases, however,
hi ghband fsignabBDpawahes emiedsdiewdyas ddnayrbetdesireslia lsyahi casasffondelwrlined  si gnal

i ghband 22 e PR BimER: S PRGBSyt GufhE AP s e Rt "
confi gur edlegEtQchﬁlﬂeug)ﬂ (@oramymplenibiobsdrieontighiter|lingi than that imposed by the

narrowband encoder).

[000173]FIGURE 26b shows a schematic diagram of an implementation D124 of delay
line D122 that includes a shift window SW. In this example, the position of offset
location OL is limited by the shift window SW. Although FIGURE 26b shows a case in
which the buffer length m is greater than the width of shift window SW, delay line
D124 may also be implemented such that the width of shift window SW is equal to m,

[000174]In other implementations, delay line D120 is configured to write highband
speech signal S30 to a buffer according to the desired time shifts. FIGURE 27 shows a
schematic diagram of such an implementation D130 of delay line D120 that includes
two shift registers SR2 and SR3 configured to receive and store highband speech signal
S30. Delay line D130 is configured to write a frame or subframe from shift register
SR2 to shift register SR3 according to a time shift as indicated by, for example,
regularization data signal SD10. Shift register SR3 is configured as a FIFQ buffer
arranged to output time-warped highband signal S30.




el ements and storage elenents suitable for applying the desired tine
war pi ng operations to highband speech signal 530. For exanple, delay line
D 120 may Layred to read highband speech signalp§3Qsfdsama3, buf fer
accor di ng%oﬁ?ﬂ{g%%gsi red time shifts. ,.FI GURE 26a shom]/‘)s a szciﬁglrraztg%c di agram
of such an inplenentation D122 of delay Iine D120 that includes a shift
regi ster i f I L 4 : {ﬁga J.e . that is
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supported.a{rﬁmﬁa‘%\%é’o{%}ﬁ\@%’ i a’f“i?\r%“ffq‘ép%?rh‘éﬁn?I{%a%@g% PP he | ength
of a franerpr Th¢Rhe@Eef &fvafidedibeNABhe fstdrd S3fer MIOMAY DB/edehl B3 Bne may

PCT/ US2006/ 012232 449&000171 Delay line D122 is configured to output the

ti me- war pelp lnigghtham the sithenpuctthaia sreatenphifhingme diwection dagupperted tharingh f ¢
regi ster | i1 1 f >af i : ref erence
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accor e current t shift a
i ndi cat ed e lérgth. eXberphtevely; dejay buffez 248 way bothertsi thamtcta8DbeferBB wy | i ne D122

may be configured.to s rt e l..a nce,and retar i m .
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may be per fegisreSRB wikitiemdy irehide othet pdtesking bperaticals Rach asklapilRFoPa shows a
particul ar eﬁn%lie t hat sup%orts, a s§5ger positive than negative tine
shift. Del $NPRlgsetorn $orage P S5Ht 18ISt ghfed to output one or nore sanples at
a tinme (depending on an output bus width, for exanple). [000172] A

regul ari zaggoe176] in'fBe Stinigle HEIGUREX T)a@ e butfer RE1 idRebefidubaito hateev
m|liseconds may cause audibhle artifacts, in §3I6e decoded signgl. Typically
t he magni t \§agh egyal 1o thatpiiong frame Pbhichbarg sigppliy30, In EJ‘%Prtki‘eSPﬁaéElF%% Taehar r owband

encoder Al gaiebh i0@infighta S Rava all@WiUdubi BRGEBEHSne YRS blightagati me shifts
i ndi cated by e\rfﬁgggllgr inzlgti on dat(fll Si ndgl SD10 wi Iel be Iim tig}j. However, it

may be des#igesd SEO Eusobh eass.adslaydine $dPa may bpeonfigupesl to inchule demi fogpPEd t o
i npose a nRxi | i m.t [ | ' L1 / egative
directi on”?'fe(%r g&ea%iﬁneﬁvg{ggé)o sgrﬁ(eéﬁ %&ﬁag]ﬁ% gﬁ?%ﬁ‘% f[o l%éﬁsgﬁ{étghgelayﬁggsed by the
nar r owbandDeéREmee hiko ir[cBae 1643 ol aCkiRge Rlkes Sitvoviarae buffer il withovahugs &onbeof  an
i mpl ement ati on D124 of del line D 122 that .includes a shift w ndow SW
In this exawe‘ftemﬁé%&sﬂ%"tf@g@&ff ayepenittet A th g ot Pahaishil by the
shift wi nduiRYSRAIYHeEOn i o réfbreSARMS ofthigaaAd bifnal 830 oflytviverrand f er
length in is greater than the width of shift w ndow SW delay line

buffer FB1, and in such case delay line D130 may include logic to interpolate across

gaps between successive frames or subframes written to shift register SR3. In other

implementations, delay line D130 may be configured to perform a warping operation on

samples from frame buffer FB1 before writing them to shift register SR3 (e.g.,

according to a function described by regularization data signal SD10).

[000177]11t may be desirable for delay line D120 to apply a time warping that is based
on, but is not identical to, the warping specified by regularization data signal SD10.
FIGURE 28 shows a block diagram of an implementation ADD12 of wideband speech
encoder AD10 that includes a delay value mapper D110. Delay value mapper D110 is
configured to map the warping indicated by regularization data signal SD10 into
mapped delay values SD10a. Delay line D120 is arranged to produce time-warped
highband speech signal S30a according to the warping indicated by mapped delay
values SD10a.




D124 may al so be inplenmented such that the width of shift wi ndow SWis
equal to in. [000174]1n other inplenentations, delay line D120 is

confi gureg,é}@omo%;‘,, hi ghband speech signal S30 to a blﬁff/ﬁ‘gzm%ﬁﬁ%wi ng to
[

t he desir rme shifts. FIGURE 27 shogws a schematic agram of such an
i npl ementation D 130 of delay line D 90 that includes two shift registers

SR2 and S qured.to receive and store hi ghband spee signal 530.
et ay | i nd MR P it apdleR ey R RS bR ot B B RGN T SIS,

regi ster SiRiIposdtitinie. IReiessrerit SHbictiyaufficiegt foomptienke skidge as i ndi cat ed
by, for exanple, _regularization d sigpal SD10. Shift register SR3 is
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portion FBsuch axednpde. dleles yalve hiappergdlrliipspniured frcalmyilate an agrage of theR3 i ncl udes
a frame buffer i an ?d 2 2 retard
buf f er por%ulfbgrﬁm Qa@t‘d’ S?%léésl?féﬁéicgs 0 aé@\?%%(‘{ 21‘1{%33?? %%q{ggﬁg%g&r%e%pggﬂhfuf fer RB
may be equediculad semgetya cdreespandigyfraneant hi ghbawt digra) S3Qch atfeaexanpieseat er
shift in one direction,is su ted than . in the her . fer DB and
retard buf et eIHEF OYS R s@wﬁ%@fsgﬁhﬁ 8 F‘él%frr] *he \}jgifto & frag%bmgryal 1§ﬁ%ett h.
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account for a time interval required to tran{sj]éﬂ)qsarrgl es .frofrpfra buf f er
FB 1 to shisfanonrigiggesvalue gRspm 'Eﬂa)fﬂif@fu‘?‘ﬁﬁﬂpﬁ RAY OO FHEEUCE TR at i ons
such as mﬂ@vﬁﬂe%aﬁiﬁ%geﬁmeﬁﬁ % Beobod idglit felldy lire@120er SR3.

[ 000176] In the exanpl € of FIGURE 27, frame buffer FBI is configured to

have a length equal to that of one franme of highband signal .S3Q. In '

anot her ex W8] NeyayRandisneqder Akst mfi)éb%%ﬁgﬂﬁaé‘glwgﬂﬁﬁyg%%w@w&qﬁmequal to

that of ong.aupf g&{lﬁltéger fﬂrgtlf@?ﬁﬁga_mﬁésgﬂﬁ{e enodied hArSWEdhdeasGittioflsikal. | i ne D130
ude

may be configured to I'hc logic to apply the same (e.g., an average)
del ay to ald sushibtasanie sapie desirabledor dslayevaligimapaer DI ta pe comigursd180 may al so

include logic.to average o} e fd-ReMatifies to be
overwitte oqnﬂs:l}eé}agpg%%ﬂlﬁt?rgér Hﬁ%t%én lac?%énce b%ﬂ&fsglﬁjpiég.hnﬁ&gefgrlt her exanpl e,
shift regipabeto RS theyoubdedtimé stgfitehightmnd epecivegwaS8es of hi ghband si gnal
S30 only via frane buffer FB 1, and in such case delay |ine D130 may

i ncl ude | ogi i nt erpol ate, across ..ga be (e [ S or
subf r anes ﬁﬁq%tl#@f[}’ ?Wﬂglﬁwbetmein 8% %fWIg%’fBE F%eeéq\%ngrgd&?%%ﬁgﬁn%ﬁ% Efl:l s, del ay
line D130 p@ys dIRacowbindupesdh sgnie2bandhiahbadpperegh sigeal S3D amyatiffer. In

such cases, delay value mapper D110 may be configured to adjust time shift amounts

indicated in regularization data signal SD10 to account for a difference between the
sampling rates of narrowband speech signal 520 (or narrowband excitation signal S80)
and highband speech signal S30. For example, delay value mapper D110 may be
configured to scale the time shift amounts according to a ratio of the sampling rates. In
one particular example as mentioned above, narrowband speech si gnal $20 is sampled
at 8 kHz, and highband speech signal S30 is sampled at 7 kEHz. In this case, delay value
mapper D110 is configured to multiply each shift amount by 7/8. Implementations of
delay value mapper D110 may also be configured to pérform such a scaling operation

together with an integer-rounding and/or a time shift averaging operation as described

herein.

[000181]In further implementations, delay line D120 is configured to otherwise modify
the time scale of a frame or other sequence of samples (e.g., by compressing one portion

and expanding another portion). For example, narrowband encoder A124 may be




sanples fromframe buffer FBI before witing themto shift register SR3
(e.g., according to a function described by regul ari zati on data si gnal

SDI O . [0QRLoddobdsgmaybe desirable for delay Iine Dl20pd@u@dpRloN28:ti e
war pi ng that 1s based on, but is not _identical to, the warping specified
by regul ari zati on data signal SD10. % GURE 28 shows a bl ock di agram of an
i npl ementati on AD12 of wi deband speech .encoder . ADI O.that . s a del ay
val ue mappefigmed o paermayhe zearizAtRp A¢CORng a&ﬁnot]@g ﬁ??hg%%epdécﬁggﬂg% t he

war pi ng i ndi.¢ | B4k 3E b ARida60n dah sighd S0AD nBPlindudent 0 mapped del ay
val ues SD%CO%S&BE? Bt i

ay line D120 is arranged to produce ting- rped hi ghband
speech si gnedsp@80w desciption pithe qucﬁ@l’\ﬁ)é‘g‘pﬂsﬁgfeﬁ cﬁd’?@ﬁ’t‘:&e&s@ pré%bﬁ%? del ay
| S WO. 2 JA i a8] The ti
val ues %&Z%mﬁyn{cgu%géé?(fy %&ggﬁrgd%% QrdtneR 6P sublrareSaf hidikbah8 9EtA8] e tinme

shift app n encoder maybe expected to evolve snoothly
over ti mesigllesehaosating to thefunytine dhothes imiflérasnéations. deley YBlYE @2PPE aver age

wband ti i ft lied to th ' h,
nd o enPitd i coRrreb BoREeR, otPemi st b AR h bABAL bR *ECC i ng

to this ag@g@gﬁ.s £dh 8f3fal STOGN deeglipt D120 eFayexvaple dah@ppére DIPpEO | s
configure 0 caFJ

cul ate an average of the . subframe dela | ues for each
frane, an@ldélfrahybP«iCWI-flaD!L@GOF%lc‘@étﬁﬂnﬁﬂlf@aretd(??aﬁﬂﬁ{uﬁs %Cﬁgl%”ﬁ%tf’\é}% ated average
to a correspondi a}"{%ldéf' Qg antnbbOstakmpiRE) which @t ften applisdiyes,  an
aver age 0?}%1?3@&5%‘%}%% peril%d (sgch as two s_gbfrarres, g{ hal f. of a frane)
or a | ongeielay fiee DOZD (OSinhWarp aneuer MOEROSPSAPRYng Sapst e AURHAHSSHd applied. In
a case where the avera IS a non-integer value of sanples, delay val ue
mapper 13 1%1b pﬁ"éC%&#glngélﬁed to round the value to an integer nunber of
sanpl es before outputting it to delay Iine D120. [000179] Nar r owband

encoder AJ2e018RIFIGURER shgws e dlowohdrhior agsthed MILI0LE MR VERIE%e  shift of a

non-integer _nunber of .sapples.in t engod W adtspoflidgat | on signal .
In such a ighvan ?ﬂee%@g"&ggzﬁgr?ﬂg‘ra}glagﬁ?ea? e?g{vﬂ@gpue r_rapSer Df10 to be
conf i gur edptQied et Wbdnbexciaribneigamd TaikFED HI0i frocessss anvidebeedancedunber of

sanples and for delay line D120 tq appl he r AN ift to
hi ghband sysette obta@h%narman?Wﬁ%ﬁﬂaﬁg@%@gl&%ﬁgﬂ%ﬁ?% |%ﬁ§&gf wi deband

speech encqd ;ngTD Ldnfiguretiaé SRerafie Widebmdpeedh sigealakingiagnal  S20
and hi ghba%é'ﬁlé) AL 1RGP ° o e

%oéec signal” S30 may differ. In such cases &elh:a al ue
mapper D1 1fiterbynlieavingriowpass eerl ighpass f]léftfsvtsll‘wé‘s§ﬁi11?1?1_eﬁ’ﬁgtﬁﬂ?%o f EI?;% ed in
regul ari Za}\‘lﬁf ’Fa%lE %Dib@g&lodé%gn&%v%ﬁ@ %ECHC é?énaﬁin@d sthedsenerobat Ween t he

narrowband excitation signal and a plurality of narrowband filter parameters. The

encoded narrowband excitation signal and/or filter parameters may be quantized, and
' the encoded narrowband speech signal may also include other parameters suchasa

speech mode parameter. Task TD200 also includes a time warping in the encoded

narrowband excitation signal.

[000183]Task TD300 generates a highband excitation signal based on a narrowband
excitation signal. In this case, the narrowband excitation signal is based on the encoded
narrowband excitation signal, According to at least the highband excitation signal, task
TDA400 encodes the highband speech signal into at least 2 plurality of highband filter
parameters. For example, task TD400 may be configured to encode the hi ghband
speech signal into a plurality of quantized LSFs. Task TD500 applies a time shift to the

highband speech signal that is based on information relating to a time warping included

in the encoded narrowband excitation signal.




sanpling rates of narrowband speech signal S20 (or narrowband excitation
signal S80) and hi ghband speech signal S30. For exanple, delay val ue
mapper D1 configured to scale the tinme shift ording to
aratio oﬁ&{ﬂﬁMg)ﬁ%ling rates. In on%sparticular exan%#QEgé&ﬂ%gégoned
above, narrowband speech signal S20 is®sanpled at S kHz, and hi ghband

speech si 0 | led at 7 kHz. In this case, .del val u pper
oht0 1's oM Tk R e Sonlemre B ppRort frf 0 G e Bl R Rt ons o
del ay val L@aﬁ@i@ﬁ&ﬁﬂh@hﬂgﬁﬁﬁﬁ%p_@dcﬁ@igb@l, mridtgumadatg /@ g@iﬂfehﬁélﬁﬁje%fﬁlﬁb{c a scaling
operation  together with an integer-rounding and/or_a tinme shift_ averaging
oper ati on }éghhﬂéééﬁﬁeﬂéﬁgnﬁlrehe‘i“ﬁh c?%@fg%PS%g?MP? AEHEFRS e ARHY BGTBRs,  del ay
line D 120shif§toctﬁé‘fu1gﬁbh{nﬁ(§pée@h Qitgﬂﬁrp%ﬁt% th®8Halpis ahé¥Br thb @Ein%ﬁ@él@peof a frame or
ot her sequence of sanples (e.g., by conpressing one portion and expandi ng
anot her potldulstipn. For exanpl e, narrowband encoder Al124 may be WO

2006/ 107838 PCTI US20061012232 47 configured to performthe regul arization
accordi ng Goﬁsﬁﬁ{ﬁ%ffngzlierﬁéh%o%?iawﬂ%l&afrlﬁs Eﬁ&‘fé’b%er%ld()ra?é EkRld d N such
case, regularization data signal SD10 may 1 nclude a corresponding

descri pt i omvafe 1 time fuarping aihighbacheritationsignab$120aaused by rdimeawmadpiagl ay | i ne
D120 may i.ncl ude l.0gic nfiqure rp- frames or subf s of hi ghband
speech sila?cilgflfeoé&sh%@g%% inrﬁlﬁgvéari%he%glf%ﬁ)g 1|g8£r%2 hStRer BI| Ejglfglgﬂnent ations,

del ay val usch@jymeenerblor AG00 mag be fmemaned © irchaleag émprarh@tiomofdetsy round t he

function befaore it is applied to, highband speech si | S30 by, delay Iine
D120, For  Bam0ehat R By reR R et g St SUIDIoS AHgBed STk, oul at <
one or nora@eIseM oY ahl eSapeERESteRhndthglrbRrseftintCdhiiPfdy nafdGBakitdxaianoal ue

i ndi cating a nunber of sanples, ich are then applied by delay Iine D120

to tine wa¥gnabhed.eapd/ppioa subserua sigail bgseroadeiiclhas hagpeniggyeximdedi ghband
speech siggn ﬂ§%o%h@%%%§@%ﬁhﬁﬂ%'g’xﬁl§mm a flowhart for a nmethod MDI OO
| an

of tinme warping a speech” signal according to a tine warping
included in a correspondi ng encoded narrowband excitation signal. Task

TD100 pr ock8818s] Buritier wisighendsspeash lgncagieimplenpentasionsimay be prafigsiRBand speech
signal and i . S : : be

confi gur ed” %85% I?#@Z@%%@%ﬁ% fle%fgﬁ saﬁ‘élg‘g hbéiaﬁgﬁ)g%gh %ﬁ“ﬁgﬁg J%P?%@%an k havi ng
| owpass anflothiogh piaiserf sukh grashigshsol spesclasignaiPB@ sentateid ena ofprdsedtatem bank

ALLO. Task 10200 SHSR0E8 080 A3 108 FRRRE- Y AR s g ot Teast a

implementation may be configured to perform time warping of the highband residual
signal, or to otherwise include a time warping in an encoded highband excitation signal,
according to information relating to a time warping included in the encoded narrowband
excitation signal. For example, the highband encoder may include an implementation of
delay line D120 and/or delay value mapper D110 as described herein that are configured
to apply a time warping to the highband residual signal. Potential advantages of such an
operation include more efficient encoding of the highband residual signal and a better

match between the synthesized narrowband and highband speech signals.

[000187] As mentioned above, embodiments as described herein include
implementations that may be used to perform embedded coding, supporting
compatibility with narrowband systems and avoiding a need for transcoding. Support
for highband coding may also serve to differentiate on a cost basis between chips,
chipsets, devices, and/or networks having wideband support with backward
compatibility, and those having narrowband support only. Support for highband coding

as described herein may also be used in conjunction with a technique for supporting




narrowband excitation signal and a plurality of narrowband filter
paraneters. The encoded narrowband excitation signal and/or filter

par amet er g, R RSsguant i zed, and the encoded narrowbagersR8RAN2SE gnal may
al so include ot her paraneters such as ,8 speech node paraneter. Task TD200
al so includes a time warping in the entoded narrowband excitation signal.

[ 000183] Task, TD30Q. gener.ates _a_hi J J I I a
narr ovvbangcw@&lai3 Ctogllngb%l%sﬁ Sa A& .’mFérlllgF’ﬁl?g aggsi'gg atc? é}fg& :%5? F‘%&%&ﬁ%ﬁ) é)ﬁ(fgr}e? gti on
signal is hassgpancidieg effeagecty compomnsarmon, ducixpaiplepabaik §hat 100AEgy di ng to
at |east the hi %hb% excitation signal, task TD400 encodes the hi ghband
speech si gA&POYtH% teast a plurality of highband filter paranmeters. For
exanpl e, task TD400 maybe configured to encode the hi ghband speech signal
into a pl upediISSYASefitichat hB®@, ddabsy highbakd SHPPOD teeepgPebatscoder maginghndvet to t he
hi ghband speech signal that is based on.information, el a}li ng to atinme

war pi ng i nafediekility; esperialerreydivg TARBAhOS THGRvESt ‘ﬁ[ﬂ‘no”@ gh WO

2005/ 107858BCT i SA0BAUBARAR it ORI sl DA scue cemi gured to

performa spectral anal ;SI S (such as an LPC analysis) on the highband
speech si ghighbandsepert may seeilecs paerabling feripreiavasesh secggnitippandithiiband speech

signal. In_such . . - ' Oieli Qo@PRlcYu t he tine
shift tot éﬂﬁ%dﬁﬁgaﬁgta%%@}%%@g%gﬁa%arsfggsrt&?gq% ﬁﬁeﬂ)g]ng?yg?s e?nl(lj/ or the gain
envel ope gfAigatb@bndior. aufdRAit 5l pocéseingi npl ement ati ons of wi deband speech
encoder Al Q0 are configured to reverse a tinme warping of highband

excitation_sij LS 120 ¢ i r. i i j encoded
narr owband[@!}ﬁbiépia%ar%%%a?%ﬁ% a@%%’hg‘ﬁ‘él}%rﬁ% h (fn(P% ggi&é?%aété%%ﬂgener at or
A300 may beevigerberretadotmeminivatiomauetnasi anellelmertcaboneror persoedl digitall | ne D120

that is confjgur to receive requl arization data,signal SD10 or mapped
del ay val &%’é%gﬁ%%ﬁg ‘A&Wﬂmflﬁgl&’pgﬁ arhap@@ﬁafué% Si’%céuéeg\}%%(’?’etri nme shift to
nar r owband &xaitiddtioRs deviéeuoh asSB0oIPaARARY, atpersand ubapatesvnfigilghal based on
it such as harnonically extended signal S 160 _or hi ghba%ﬂgxc,i tation

signal S 12poft ORGA eBNNFHFCLtES, Wik dEBRHEIRECORIBRROGSPUP FFRIBNCAt i ons may
o anal 930 LR R e B e psech
si gnal S30implenatedinc cép er chigsetderntaiencations devideg Rlsaeniingyaenthfl envel ope
and a hi gh %grggulaerxa%ipfigatﬁiog,nsugtil ggg\liée n%zlijycﬂsoaiﬂclude such features as analog-to-digital

and/or digital-to-analog conversion of a speech signal, circuitry for performing

amplification and/or other signal processing operations on a speech signal, and/or radio-

frequency circuitry for transmission and/or reception of the coded speech signal.

[000190]1t is explicitly contemplated and disclosed that embodiments may include
and/or be used with any one or more of the other features disclosed in the U.S.
Provisional Pat. Appls. Nos. 60/667,901 and 60/673,965 of which this application
claims benefit. Such features include removal of high-energy bursts of short duration
that occur in the highband and are substantially absent from the narrowband. Such
features include fixed or adaptive smoothing of coefficient representations such as
highband LSFs. Such features include fixed or adaptive shaping of noise associated
with quantization of coefficient representations such as LSFs. Such features also

include fixed or adaptive smoothing of a gain envelope, and adapiive attenuation of a

gain envelope.




i npl enentation may be configured to performtimnme warping of the highband
residual signal, or to otherwise include a tinme warping in an encoded

hi ghband chi'ogﬁa{c?%%@ signal, according to information ge}labhihite,a tinme
ude

war pi ng inc I'n the encoded narrowhand excitation signal. For exanple,
t he hi ghband encoder may include an inplenentation of delay |ine D120

d/ del D11 i.bed . h Iy fi d
apnly o t1 (O (RER e e Ri A e AL S b B p BT B cvant ages

of such arenaplpenfpéresh skiltddud ehermr te nedkt brasente waeatinnentioh. fMadoi ghband

residual signal and a better  match betyween the synthesi.zed narrowband and
hi ghband sHedEmatigngipthese effg@éli%e?}s RSP '?ﬂﬁletge %%Q‘é?ngﬂéﬁﬂprﬁw as

descri bed fetiginfyibBahpa to bifel RBSHALIOASKINator BRMBE, dastholiRmeRmnbPr M
enbedded coding, "supporting conpatibility with narrowband systens and

avoi di ng abaiewpdenfieptedtin aers bl witple SLpipad-tvired gircuit, adbeircditcoaiigigaticly al so
serve to dpfferenti : . i | i , devi ces,
and/ or net @é&%‘*%@@%ﬁ%ﬁﬁ ¢ Z‘Bg‘(r%@é%f%g%% a%%.tc?ﬁﬁgggﬁﬂv\gﬁgnw%g:}?ppo}?ﬁi lity, and

t hose havi logdaddtnitoaohanihtikigimagd orcrsoftwaiSippgerarh 1daded froghdyamid acleidi ng  as
descri bed herein al so. be used in, conjunction with.a techni.que for
SUppOr {1 NG WEEYEB T ST e ATes Gt BE 595 g HTSHAN FEAHIE Dhnd a
system meihathy @logiddlamaihts SuchGs @dErdfrob@sclig bthandigithlathnabtbcestiAy Suppor t
codi ng of frequency conponents from for exanple, about 50 or 100 Hz up to

I
about 7 or gt ke dafagteragegpediummarihe G ST 2Rl 28S[emenSs #gABand support to a
speech codgl; ' Sry. (Whic! hyGh8bdd % ¥houl BRGEHEH dphamRIRTsEkiB RAM
differenti %@Wgét%?%at%%s. AI)?hough suoclzlh di ffer}beﬁﬁti at ison]l may usually
be deri ved(dom-meammdnery s REM (readronlbanemary)i ansardlaskh RAMY or  hi ghband

SUPPOT{ IRy, SELYE, 35 ABENRRLL MKEUNra N ASREhal BEABALIL O A O her

machine in etati appl1cdtions, °Sic S ‘'systens-for aufomated voice
menu navi getiuersuanel Dmagnetiowabpticacdisk. Theooes Softgare] S0IEH] undarstgopar at us

according to an_ enbodi nent na enbedded into a portable . devi for
wireless c Hilec%)tufc@ﬁgg% aaqqrrﬁgfelan@gg? ‘Eﬂ%&rm’i’%‘}%ﬁﬂgﬁyw fuske S@%‘fa?%i gi tal
assi stant (REM}odeAni@5ddab i 26§ lofe oSMER sa8 oARRAERELE ifiductions exedutibichsi n

anot her comuni cati ons device such as a Val P_handset, a personal conputer

conf i gur ed ar axraysafieeie elewpsnt, andimry AorRIRatioNOf syeh examaledor k devi ce confi-gured
to route tel ephonic or VoW conmunications. For exanple, an apparatus

accor di ng {oddr)§HL 94 %8 Blend¥R¥ JP Bnplementations of highband excitation generators
| A300 and B300, highband encoder A100, highband decoder B200, wideband speech

encoder A100, and wideband speech decoder B100 may be implemented as elecironic
and/or optical devices residing, for example, on the same chip or among two or more
chips in a chipset, although other arrangements without such limitation are also
conternplated. One or more elements of such an apparatus may be implemented in
whole or in part as one or more sets of instructions arranged to execute on one or more
fixed or programmable arrays of logic elements (e.g., transistors, gates) such as
microprocessors, embedded processors, IP cotes, digital signal processors, FPGAs
(field-programmable gate arrays), ASSPs (application-specific standard products), and
ASICs (application-specific integrated circuits). It is also possible for one or more such
elements to have structure in common (e.g., a processor used to execute portions of code
corresponding to different elements at different times, a set of instructions executed to
perform tasks corresponding to different elements at different times, or an arrangement
of electronic and/or optical devices performing operations for different elements at

different times). Moteover, it is possible for one or more such elements to be used to




i npl enented in a chip or chipset for a comuni cati ons devi ce. Dependi ng
upon the particular application, such a device may al so i nclude such
features %fbﬂﬁiﬁ&%t o-digital and/or digital-to-anal %ﬁg@‘&pﬁ%z&p of a
speech signal, circuitry for perforrrigg anplification and/or other signal
processi ng operations on a speech signal, and/or radio- frequency circuitry
for transm ssion and/or reception.of the coded speech.signal. [000190] It
is expli cippffmﬁﬂfs&ﬁﬁf%ﬁl@ootg‘%ﬂdaPEE]IS%%%B"S['E%&I%W@ &Fﬂ'prﬁe t‘%ﬁ? M ncl ude

and/ or be Jggatonbiithe SiprraaRes@h aBR LAk edlatingeo SidiiRk ob&atisi 6% dbivissbpsed in the
U.S. Provisional Pat. Appis. Nos. 60/667,901 and 601673, 965 of which this
appl i cat i g¥sters imwhish Hherpppatetus i gmbeddett ures i ncl ude renoval of hi gh- ener gy
bursts of short duration that occur in the highband and are substantially

absent fr qpad108 MEUREVIRAMRGws 2SN chireattah@Bod mt)@l,(&@c(frﬂ?ﬁg@o @ adaptive
snoot hi ng of coefficient representations such as highband LSFs. Such

f eat ur es iemblodisieent, iok erroding addghbrnd P Herpvfrispeschsianahaygaasowandyi ¢ h
quanti zat | a3 and 8/ HidiHafilbor BRI PARN b QLR & Bot 3P il Pramiih plfal ur e
u ada pe

al so inclfude fixed o tive snobothing of a gain en e% , and adaptive
at t enuat i chamttedze gpectra avalepeef thadigdatiidies STaCR2085d0d6k9d 2232 50

[ 000191] The foregoi ng.presentation of t.he described. L IS provided
to enabl eSpﬁchhﬁg’th% dgﬁlﬁllebé’aapp “fgnaenoélilfle gunﬁ% ne%oarm%[sgg&%wemglioglstg%t

i Rvent i on;naiiawbgwspolrmdiﬁ&k%b@g&eimstm@memﬁgmmml i s%lmm eccpﬂiﬁng tol e, and

the generic _principles presente er.ein .be appl i t 0 _at her

enbodi ment(é) & sgetffilterp a’@?’ﬁﬁﬁf“gﬂmﬁhlg%ﬁg?gﬁ% °rh§§“alﬁéseﬁﬁﬁ| nted in part

or in wholB8.am3 elefdaWgnel Tosk K00 caldiatés LidifstivelopeBhded uh atélaivon fabri cat ed
into an application-specific integrated circuit, or as a firmvare program

| oaded i nthstwasn{(Gbengrgy of the igbhyed pertign aedt (Nsperey oba sighslIdsEBId™ M 8% or i nt o
a data stor.a mﬁ?" 'ﬁfy as machi ne-readabl e code, such code being
i nstructions gﬁ%c abl'e by an array of logic elements such as a

m croprocessor or other digital signal processi n(g unit. The data storage
medi um nayl00@194HFIGURE 3 lafshewe r Sgechireafampethad MROGef ceppmaiingmBighbadd nenory

(which may_include wthout |im i y ] r j W-é]ndomaccess
menory), F?éﬂq%"roggl&p %ancgor?%lﬁéér) % %]%géncg]?%rﬁ' ; i asﬁl%ﬁﬁ,{lﬂ%ﬁ%t er rnéeaF 2ct ric,
magnet or esdxsdniddsigel by agplyipg b yiwelidear functiopha s earcdweleyd ermtabicy sigmal a di sk
medi um such as magnetic oy optical disk. The, t 'sof t ware" shoul d be
under st ood®erived &H@I%O‘élgﬁ‘@rﬁ ,@SB%%EW@P%}F ﬁéﬂ‘gegg%oe%ﬁ © machi ne code,
bi nary COd}%nBﬁiEﬂ%%nded signal with a modulated noise signal to generate a highband

excitation signal. FIGURE 31b shows a flowchart of a method M210 of generating a

highband excitation signal according to another embodiment including tasks Y300 and
Y400. Task Y300 calculates a time-domain envelope according to energy over time of
one among the narrowband excitation signal and the harmonically extended signal.

Task Y400 modulates a noise signal according to the time-domain envelope to produce

the modulated noise signal.

[000195]FIGURE 32 shows a flowchart of a method M300 according to an
embodiment, of decoding a highband portion of a speech signal having a narrowband
portion and the highband portion. Task Z100 receives a set of filter parameters that
characterize a spectral envelope of the highband portion and a set of gain factors that
characterize a temporal envelope of the highband portion. Task Z200 calculates a
spectrally extended signal by applying a nonlinear function to a signal derived from the
narrowband portion. Task Z300 generates a synthesized highband signal according to
(A) the set of filter parameters and (B) a highband excitation signal based on the



macr ocode, m crocode, any one or nore sets or sequences of instructions
executable by an array of logic elenents, and any conbi nati on of such
exanpl es. [000192] The various el ements of inplenentations of highband
excitati og,paneiAtR’s A300 and B300, hi ghband encoder pAlPwodtiig3band
decoder B200, V\n{deband speech encodeg A100, and V\ndebaé% speec decoder B
100 may be inplenented as el ectronic 2and/or opt| cal devi ces residing, for

exanpl e, on the sane o] nor e et,

al t hough Wﬁ%@llyﬁ%‘ﬁﬁéﬂ@% %ﬁt%@gfmgo@%s F.gﬂ%“t%%’@ eloqurdelglaﬁ11 th%plzgd(s)nt enpl at ed.
One or nOL@LHEAATRALPHRE] GG s@ vl afp fdcedrsi SForeyahgle) tagk B10Bhahe N whol e or
in part as one or nore sets of instructions arrg{g%g to exe ute on one or

more fi xeenfignregitogiodnipisihesain priplops ot the gynihesizs ar(de“@m 3f ransi stors,

gat es) su ¢ Seldeds ) thé RargitRgd di gi tal

si gnal g l@ﬁ% Hysg{égg&@cﬁét?ﬁt?gn%gr arrrradglr%qglgt gbglrrays) A5SPs

(appl i cat pmmm,pted:hefapectwﬂlamﬂmldbdmgﬁldhtqtb? highbred cAitation sigph Pidaticon- speci fi ¢
integrated cjrcui h‘c% laI so possible for one or nore such elenents to
have st ruf¥iibesiaes Pﬁﬂﬁlﬁlg(“& , a processor used to execute portions of
code corresponding to dlfferent elenments at different tinmes, a set of

i nstruct i QKE1LEEmHodtndnes algeeinélodendiiokal mdhads 9P spedénepding. dicotimgeand el ement s

at different tinmes, or a ment  of Iect opti cal devices
per f or m ngeIEEAS iBHHPFS Y§18?1P%ﬁ%§’ﬁfe“é|e§né’¥ gscgp{lg% #}‘s er 66{&{“ nes) .

Mor eover, eifholisneRRTSh &edl@ eﬁﬂ@n Qich MR dS.UBLhelf drsea nsthiods iney pisebe t 0 WO
2006/ 107838 PCTI US2006 0122 erforgﬁt asks or xecutte %r sets of
i nstructi dnsitlhembegied f;ﬁ@texamplécwﬂ}w PEISTeS3ta SPTage Meiapsiiy %jn e

appar at us, Kudifth@ldaBshid saRnekdatabr raazha&ﬁheqﬁclamdgm ce or
system i nO\RgBIC Oi%ssgéé%g%r at us |§ enbedded. [000193] FI GLIJRE 30 shows a

fl owchart aohy af }mgichdrdnmsdag,a@CQﬂe%fpﬁgﬂﬁf@P@ﬁess‘@n’é‘éﬂi’%ﬁP e1gfr AT odi ng a
hi ghband ortl on of .a h ﬁotqﬁ\tgﬁdggqggglnﬂgagdtg@ and the
hi ghband @Ee ﬁcglqg’%ﬁ%% thgk) rg’?{%&gset of filter F;ar aneters that
char act er Iezxﬁ)o&nﬁdhmb‘&h abmmé:lut);a&leofs t0 headsouglad etwmpl@ﬂt s¢apA corEapigat X#ho

cal cul ates, a  spectr Xt ended .si gnal ar function
to a signghe H@FFR}%SCFD% ﬁql&%ure%imlwggh@y Shfq%g‘lr?}[el ‘E“‘ﬁg%’d‘ tggnerat es a
synt hesi zegl,hicghhandashisnaihiachan dipad of te oﬁéi))a]tdiﬂ:ldsﬁte of filter paraneters
and (B) a highband excitation signal based on the spectrally extended
signal. Task X400 cal cul ates a gain envel ope based on a relation between

(C energy of the highband portion and (D) energy of a signal derived from
t he




narrowband portion. [000194] FI GURE 31a shows a flowchart of a nmethod M20O
of generating a highband excitation signal according to an enbodi nent.
Task Y100 cal cul ates a harnonically extended signal by applying a
nonl i near -function-to a narrowband exgétation signal derived froma
narrowband portion of a speech signal ™ Task Y200 m xes the harnonically
ext ended | ated noi se signal to generate a hi ghband
excitati oﬁ’bg@nlzﬁ%f‘gf@gwg | b shows a flowhart of a method M210 of
generating a highband excitation signal according to another enbodi nent

i ncl udi ng task3. Y308 mettlod of/inal fitaedssivg Gaidardtioad compsisimgt i me- donai n

envel ope according to energy over tinme of one anong the narrowband
excitation si gp I 00

nodul ates a n0|§%’§}gﬂg qh%@&ﬁngﬁﬁ%é¥€§§%t %ggﬁéﬁggﬁegﬁgggggg&fo pr oduce

t he nodul asvetshndekceation gigadl. anﬂ@@&iﬂﬁioﬂb@:ﬂﬁfﬂ&rgmmteas flowchart of a
nmet hod MBOO according to an enbodi nent, of decoding a hi ghband portion of

a speech signal haVl ng .11 on.
Task 2100 recefELY éng?négwaﬁ%%%gmﬁﬁ g@ggﬁﬁabgﬁhﬁarac ggyg%ﬁ%{
spectral eipnel; epe of the highband portlon_and a set of gain factors that
characterize a terrporal envel ope of the highband portion. Task Z200

cal cul ates a ext Si | vi | d function
to a signal de?? P “$L ?ﬁ% ﬁ%ﬁ?%ﬂ% gmﬁ%?¥£ﬁ ¥m$&s§a§§§d& %%{yates a

synt hesi z riitndiTaarghesdngimbl iacae lddstragplirality 0Ahighbandsfiter phrafrietetser  par anet er s
and (B) a highband excitation signal based on the W) 2006/ 107838

PCT/ US2006/ 0122 ectr xt ended..si Ta sk tes a
gai n envel ope d&f efeﬁ‘étzr@)?ﬁ é?%éngﬁfcgﬁ%%sag@?g??&?b“é %ﬂ?&tt Ee'gtbeg of gain
factors. Fﬁ'ﬁm@%ﬁﬁ]@!{'& edt @&ﬂheZﬁééEh §iphal ecordiap to gtimedratyingmile watping, el gai n
envel ope of the synt eS|zed i ghband signal by applying the set of gain

f t t t at | d f t
ne Shect vl 1y Heren g mepl apmpise e A e B¢ OB urBosl %0y 1o
the synt r\ﬁzﬁbﬁgdaéﬁl P raSityOstadiferbit tinleQBHE&I6 h cohespbndng plusilisof] ncl ude

S

addi ti onal of “ speech codi ng, encoding, and decoding as are
expressly @P@éﬂlwwﬂﬁ@ﬂéﬁlﬁlﬁ @ﬂ@hlglbéie%’égqyrl?%ft‘@bns of structural

enbodi ments configured to perform such nethods. Each of these nethods may
al so be

2. The method of signal processing according to claim 1, wherein the
encoded excitation signal describes a signal that is warped in time according to a model

of a pitch structure of the low-frequency portion.

3. The method of signal processing according to claim 2, wherein said
encoding a low-frequency portion includes applying a time shift to a narrowband

residual according to a model of the pitch structure of the narrowband residual,

wherein the encoded narrowband excitation signal is based on the time-shifted

narrowband residual.



tangi bly enbodi ed (for exanple, in one or nore data storage nedia as

| i sted above) as one or nore sets of instructions readabl e and/or
execut abl e by a nachine including an array of logic elenents (e.g., a
processor, mcroprocessor, mcrocontrgjler, or other finite state

machi ne). Thus, the present invention™is not intended to be limted to the
enbodi nents shgwn v IoSssln® aPEr@GRE B dsdh 5 NenaMideg4 scope
consistent with tﬁgg%%eﬁgﬁgf%g&ghlgcngv Ia féat%res%gll]s’cl oeseld I'n any
fashi on hepgliing aitined shif rop narrawibend wsidad eduds appigingdliffirengdespediiveh f orm a
part of the orjginal .disc]osure. 53 VHA LA ; d of
si gnal pr dEesEIRgo e%o&aﬂg{iﬁg\go EYRRIL; %-gl[-)ﬁj 6‘glr?codl %B’é&ﬁ%ﬁh ?ﬁ%%@@
portion of a speech signal into at |east an encoded | owband excitation

signal and a phkesid $ayd sfplyingw dne shiftito ére high-freaeacsporjeminchidéng a- hi ghband

excitation signal based he .encoded |.owband exgi.t at i . and
accor di ng #PpYEE 10 ¢ ?QR‘I’] f”éﬁﬁ’é?ﬂﬂen& BPHIRP; agt g ?%f\té)% ,a%deo(r?]lcqj1 odi ?%rg&:éf

hi gh-freql{ﬁ‘é’llgypecwﬁﬁlgghiﬁg_ t he speech signal into at least a plurality of
hi ghband filter paraneters, wherein the encoded | owband excitation signal
describes a signal that is warped in tine, with respect to the speech
signal, according to a tinme-varying tinme warping, and wherein said nethod
conprises, based on infornmation relating to the time warping, applying a
plurality of disffer qmt nickida o Bighiiprécesstngepeordimgandiaity 3pwhereihissig of
successive portions in tinme of the hi gh-fr.e‘%ﬁenc ?é)orti on... 2. Thte met hod
of signal appbinecsplaglincefsiiderse tine BiitsoqmpriseyTeierying # kalue Mdicgings Wi t at i on
signal desgtd Besiedcth Eé‘xjr WAH réskiMB REAuhding thi¥Rectdvdiuego rintegarodel  of
a pitch structure of the (I)ovafrequency portion. 3. The nethod of signal
processi ngvaaecording to claim 2, wherein said encoding a | owfrequency
portion includes applying a tinme shift to a narrowband residual according
to a nodel of the pitch structure of the narrowband residual, wherein the
encoded narrowband excitation signal is based on the tinme-shifted

narrowband residual. 54 4. The nethod of signal processing according to
claim3, wherei saiheapyhad ofgignak pragessing aacordingdoslaimdnAFEINS8Y Jual

i ncl udes agp%ll%ﬁé] g pl(ljllrghft}? Steé]%felreﬁtstﬂ'ﬁg §ﬂit‘{seis performed prior to said encoding the high-

frequency portion.

7. The method of signal processing according to claim 1, wherein said
encoding the high-frequency portion into at least a plurality of highband filter
parameters includes encoding the high-frequency portion into at least a plurality of

linear prediction filter coefficients.

8. The method of signal processing according to claim 1, wherein said
encoding the high-frequency portion into at least a plurality of highband filter

parameters includes encoding a gain envelope of the high-frequency portion, and

wherein said applying a plurality of different time shifts is performed prior to

said encoding a gain envelope.



time shifts to each of at |east two consecutive subfranmes of the
narrowband residual, and wherein said applying a tinme shift to the

hi gh-frequency portion includes applying, to a frame of the high-frequency
portion, a time-shift based on an avesage of the respective tine shifts.
5. The nmet hod of signal processing acCording to claim3, wherein said
applying a plurality of di s I hi f Ll Se ej.vi ng a val ue
indicating a 'ttl{'ma ir?ettﬁj%c{p%l%f%gf%ré&egﬁ%g%cg?}r OI\I/%%%PCPJIIPZ% %%Igﬁ] galegind roundi ng
the recei ygillyivg plardlity afdiffedesigéne shifid eomprises chlvalatinp labidas bns ofghal

processing accordjing to.claim1l, erein sai appl yin rality of

C ¥ or ont Doy iR eignttisie By aceniiges brec peburen SEmlotk e PhFe g
frequencyﬁg@kﬁﬁpwnﬁ&lm{hﬁbﬁﬁﬁhﬂqu@k pbgieal processing according to claim
1, wherein sai encodi ng the hi'gh-trequency portion into at | east a
plurality of highband filter paranmeters includes encoding the

hi gh-frequency portion into at least a plurality of I|inear prediction
filter coefficients. 8. The nethod of signal processing according to claim
1, wherein saifh, engQgiaRrideenddi@hhhvigimadiye-BRebthile insthetioat | east a
plurality of highband filter paraneters includes encoding a gain envel ope
of the hi gescribingthermesthoshofisigngl Praprssing acardingtRicti®dnl yving a plurality of
different tinme shifts is performed prior to said encoding a gain

envel ope. 55 9. The nethod of signal processing according to claim1,
wherein said applying a plurality of different tinme shifts conprises
calculating at | east one of the _plurality of different tine shifts
according to alkatiOnBeRAFRBTCERMASIBhg rates of the | ow frequency portion
and the high-frequency portion. 10. A data storage nedi um havi ng

nmachi ne- execut aRjvah@§icbbitéicods cof@siedd Biefchde AGowHidq0shcfpottiogand h
processing according to claim1l. 11. An apparatus conprisi_%: a | owband
speech endspateh sigaahinte atleest %e@?é@ﬂj@wéaﬂ%%@ﬁt@&@%‘é&a“ﬂ@rﬂlwéﬂt & a speech
signal in coded | owband excitation signal and a plurality
of Iomba%%m%%ﬁbgr 2%?%%%?@?@; and a hi ghband speech encoder configured to

generate a hi ghband excitation signal ) o
a highband speech encoder configured to generate a highband excitation signal

based on the encoded lowband excitation signal;

wherein the highband encoder is configured to encode a high-frequency portion
of the speech signal into at least a plurality of highband filter parameters according to at
least the highband excitation signal, and

wherein said narrowband speech encoder is configured to output a regularization
data signal describing a time-varying time warping, with respect to the speech signal,

that is included in the encoded narrowband excitation signal, and

wherein said apparatus comprises a delay line configured to apply a plurality of
different time shifts to a corresponding plurality of successive portions in time of the

high-frequency portion, wherein the plurality of different time shifts are based on the

regularization data signal.



based on the encoded | owband excitation signal; wherein the highband
~encoder is configured to encode a high-frequency portion of the speech
signal into at least a plurality of highband filter paraneters according
to at |east the highband excitation signal, and wherein said narrowband
speech encoder is configured to outpuf a regularization data signal
describing a tine-varying tine warping, with respect to the speech signal
that is includgd 'f’rhyag%a%ﬁ%&%&dn@rta Qlé(ﬁﬁfi?, BReih ald @BodidgRataticAnd Wherein
sai d apparatus conpris a delay Iine configured to apgly.a plurality of
di f f er entsigriahdesstibestassignel thatde wesg onidne acoprdimgioaipodsl 05 BikdsuGErenor t i ons
intinme oﬁgﬁhﬁ) %ng-fregﬁ%pcy portion, wherein the plurality of different
time shifOPEPYBEEEEIRYHe “regul ari zation data signal. 56 12. The
apparatus according to claim1l, wherein the encoded excitation signal
describes a signal that is warped in tinme according to a nodel of a pitch
structure of the |owfrequency portion. 13. The apparatus according to

claim1l, whergin id _narro " Mo i to apply a
ime shitt to harrtoaia-EataRi 8RR 1 RRagR abaaRbbptpREn LD, 1
st ruct ur eerfebdérhecoidipiedbansly £tind shift taadatrowipanddesidual irsowimgided

narr owband excitation signal .based on the.tine-shifted narro nd

resi dual . medel of fie Pétﬁgé?‘éf'?‘ff 05@88?‘3?‘% 6353:4“3{%*(1%9,1” 8?@?%5%0\%9% nar r owband
speech  eRGRARSand SxGaRbl Siia®bast@ or B! tincshilitdd ienbandepidadli ve tinme shift
to each of at |least two consecutive subframes of the narrowband residual

and wherein said delay line is configured to apply, to a franme of the
hi gh-frequency portion, a tine shift based on an average of the
respective time shifts. 15. The apparatus according to claim12, said

appar at Us conpl4.si NPhefapPafy accoddib@totlamel2, ehatingaidatrowbaretspescd a val ue
of atine shift of the narrowband residual .andhj%t(r) ro nc% E{gae recei ved
tgerc g

val ue to arcoderisgenfispeadie 2pply 2 diffreend FSBECHY G EMS S PR 11,

wher ei n said bigb oA RRBEHE nafSWOA esidiaRbh@nged to encode the

hi gh-frequency portion as produced by said delay line. 17. The apparatus
according to claim 11, wherein said hi %{mand sg&ech n&?%eﬁrr is configured
to encode the whepeinfsaisrelaydipe poronfigpresd iy 2PPht 1 @eafglf’ RasYath4

portion, a time shift based on an average of the respective time shifts.

15.  The apparatus according to claim 12, said apparatus comprising a delay
value mapper configured to receive a value of a time shift of the narrowband residual

and to round the received value to an integer value.

16.  The apparatus according to claim 11, wherein said highband speech

encoder is arranged to encode the high-frequency portion as produced by said delay

line.

17.  The apparatus according to claim 11, wherein said highband speech
encoder is configured to encode the high-frequency portion into at least a plurality of

linear prediction filter coefficients.



linear prediction filter coefficients. 57 18. The apparatus according to
claim11l, wherein said highband speech encoder is arranged to encode a
gai n envel ope of the high-frequency portion as produced by said del ay
line. 19.-The apparatus according to g%ain111, sai d apparatus conprising a
delay value mapper configured to calCulate at |east one of the plurality

of different ti shif C I3 i i rates of
the | owf requer]ig; p?lr“f %}?}nﬁ\r ai\%é@%ﬁgl%git% & %? ;g%@%@éd@g@g@%@%&ﬂme
appar at us eaawgier @iangnged to kmdode 4 gain savadomsws dredtigls-freqrepey Bottign 8s cel | ul ar

tel ephone. 21. An a ratus conprising: neans for encoding a | owfrequency
portion ofPr‘?iilugifQ@EWﬁE%dWallmef nto at | east an encoded | owband excitation
signal and a plurality of lowband filter paraneters; neans for generating

a hi ghband excitation signal based on the encoded | owband excitation
signal; and neans for encoding a high-frequency portion of the speech

signal into at |east, a | yrality. of highbangd. fli A cordi ng
to at least thd%hi ghﬁﬁﬁﬂpaééf'éﬁ a[cg?lﬁgxlg to E?Jg%gﬁ,sg\%nagbgggﬁs ? (ﬂé&ggﬁﬁcgg%geé%p

narr O‘Nbanq'aﬁfé(iﬁa{p?éﬂ QRfiEHeN 8 callRftd ithest hesif graplurtatigtofidifferevatipedhifs ti me,
with respect to the speech signal, accggﬁiggg%o a tine-.varyj ? Ihne

war pi ng, aseerdinetep fpiohetvesp SErRingaley ping e Trrauency P?ﬁl(’%ﬁlﬁé} A" hased on
i nformati i to the time warping, a plurality of different tine
shifts toq§”€§?&3§§§%aing plurality of successive portions in tine of the
hi gh-frequency portion. 58 22. The apparatus according to claim?21, said
apparatus conprising a cellular tel ephone.

20.  The apparatus according to claim 11, said apparatus comprising a cellular

telephone.

21.  An apparatus comprising:

means for encoding a low-frequency portion of a speech signal into at least an

encoded lowband excitation signal and a plurality of lowband filter parameters;

means for generating a highband excitation signal based on the encoded lowband

excitation signal; and

means for encoding a high-frequency portion of the speech si gnal into at least a

plurality of highband filter parameters according to at least the highband excitation

signal,

wherein the encoded narrowband excitation signal describes a signal that is
warped in time, with respect to the speechsi gnal, according to a time-varying time

warping, and

wherein said apparatus comprises means for applying, based on information
relating to the time warping, a plurality of different time shifts to a corresponding

plurality of successive portions in time of the high-frequency portion.
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22.  The apparatus according to claim 21, said apparatus comprising a cellular

telephone.





