WD 20061107836 PCT/ US2006/ 012230 1 METHOD AND APPARATUS FOR SPLI T- BAND
ENCODI NG OF SPEECH Sl GNALS RELATED APPLI CATI ONS [0001] This application
clainms benefit of U S. Provisional Pat. Appl. No. 60/667,901, entitled
"CODI NG THE H GH FREQUENCY BAND OF W DEBAND SPEECH, " [ Kl 1,
2005. ThVQ 281783t i on al so clains benefit of U. S PrchvljlﬂiS?gUr?@?{z (Ltt. Appl .
No. 60/673,965, entitled "PARAVETER CPODI NG IN A H G4+ BAND SPEECH CODER, '
filed April 22, 2005. FIELD OF THE I NVENTION [0002] This invention
relates to signal processing. BACKGROUND [ 0003] Voice communi cations
over the public switched tel ephone network (PSTN) have traditionally
been limted in bandw dth to the frequency range of 300-3400 kHz. New
net wor ks for voice comuni cations, such as cellular tel ephony and voice
over IP (IntgEhed MooteaeizusViedrPyrumrasAMmOENdoawe PReSPEREHR SHARERI dt h
limts, and it maybe desirable to transmt and receive voice

communi cations that include a wi deband frequency range over such

net works. For exanple, it nay be S| pport an audi o frequency
range that extends down to Q#%Tgﬁd?@mrhg) or 8 kHz. It may also be
desirable to support other applications, such as high-quality audio or
audi o/ vi dﬁmouc ofthRaBPIEdalish clhiRRtbeRBHt oS PadiGli6hal PAEAPPICNBI6AN67I901 ] anges
outside the traditional PSTN limts. [0004] Extension of the range
suppor t edemifled “SPEINR BHE SHGHAREQVENER BA@M@Y@@BW SPEpFEy e
intelligibjlyty:n1Fon<e ot ' | ' '

fricati vegleds&t};c{_ﬁ 13556()'5'5')&%{;%3%&1?1231%6;%18% y Pﬁﬂtoﬁe' .FS?}%%?%%E%%%%@Z

Hi ghband 2ot 6016T30965rentitiatl SPARAME THR.CODING IuAHIGHBAYD S, such as
presence: FE X l e, . voi ced vowel may have spectral energy far
Bbove. t he COBI| TIHGAPTN 70887 107836 PCT/ US2008/ 012230 2 [0005] One
approach to w deband speech codi ng involves scaling a narrowband speech

codi ng techni que (e.g., oneFUNDIQGETHE INVENTION t he range of 0-4 kHz) to
cover the w deband spectrum For exanple, a speech signal may be sanpl ed

at a hig hﬁ;OOrZ?t %his invention relates to signal processing.

==

BACKGROUND

[0003] Voice communications over the public switched telephone network (PSTN)
have traditionally been limited in bandwidth to the frequency range of 3003400 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.



to include conponents at high frequencies, and a narrowband codi ng

techni que may be reconfigured to use nore filter coefficients to
represent this w deband signal. Narrowband codi ng techni ques such as CELP
(codebookwexoisiiemsd i near prediction) are conputati ongldushévksnsiove,
however, and a w deband CELP coder y consume too many processing
cycles to be practical for many nobile and other embedded applications.

Encodi ng ﬁ(h%]e’tﬁ a?aﬁ)gaﬁor\ﬂﬂéﬁ%d épe%em@o%{gqn@dm%aﬁn% aahaﬁ%%ﬁlﬁfj quality

using such a tec ue may also lead to an unacceptably |arge increase in
bandwi dt Ispeecivoeding techniqueaiagc ode eqplighred te encade bacoe of 874d1) tooened be

reqU|red efo ven.its harro I tted into
and/ or o?:ﬂe Sgecs%lg} eFrﬂrF Kar® "i%ﬁa{l@ee‘&ﬂ %f)%g?@%éasr r %\/\67(()1 Egﬂ% %tg [ 0006]
Anot her ap pichiaie Roinporwinthelp high fisgemcies, @ad b narrowamd ceding xichrined aby by t he

hi ghband spectral envel ope from_the encoded ar ro ctral envel ope.
Wi le sJegpnEigurg m%émprﬁﬁve%@eﬁﬂﬁﬁp@ﬁ%f%%e lf’l&’mé'ﬁﬁs rease in

bandwi dt fNﬁbevb%& bt RehrtfRdsifcRlas tﬁﬁm&m@!bm exbiRQl 1GRA HELSRAS heal

envel ope or formant g[ructure of the highband portion of a speech signal
gener al | yoppniatonadlly ipeesies hesgevas end at’\@‘ie’gaﬁd@ﬂ? hedes pg corgumeder el ope of

t he narrqwbhand | on 000 o] enment w deband
speech coraanﬁg}n%cl%c %Wa e Qﬁ rLCt{Eﬂ[ﬁ ﬁg?lggl\%ogn% t}geétre@b%dr?%gf t he encoded
si gnal meypphextistEdcbdiap gt eatirapeamuhastit mﬂabunelmgnﬁ]suardemdquﬂssr N channel)

wi t hout transcoding or other significant no ication. ffjciency of the
wi deband E8EiSHg! %@@H%?edﬂaynaé? ‘I%Qtﬁ ap Ynpeeptp Bﬁaége ingeass,in d"ﬁo avoi d a
si gni fi cafbreb®YUsdnsilingbflsiéh MUHBETed AfoniSEdutd bdRbuitddbehste semvisced i n
applications such as wireless cellular tel ephony and broadcasting over

wired andlamowém@sm’@%mw@@trasmﬂwo potorgiecodedda sysippdhatenly, an

appar at us {,oSpeech encoder configured to encode a |owband
speech si gh&%sq}gﬁé\gg%r{l gech encoder configured to encode a hi ghband
speech signal; anda fil ter bank having (A) a |owband processing path
confi gur @00 rAwuaher@pprogdhde wadedhardspeedh Ogﬂiglgamvomwiemgapma@qgléwcy cont ent

bet ween 6 6 _PCT/ uS200 1223 st 1 6000 Hz and
to pr odughegl%{jﬁgg pe\?\% Bvegi%%eefgﬁn Eﬁe eﬂ‘écf%g ?fr?‘%ang S?lec ﬂ]benﬁ Ope f‘%ggs sing path
conf i gur egdch an ApPecick endylbe imbldmbﬁediw&h@ﬁ@hly micgasy ma;a@liwlathpma shigeuttane
hi ghband speech signal. The | owband speech signal is based on a first
portion Oqee& E@ transcodmg, the coarse spectral envelope or formant structure of the highband

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

envelope of the narrowband portion.

[0007] It may be desirable to implement wideband speech coding such that at least the
natrowband portion of the encoded signal may be sent through a narrowband channel
(such as a PSTN channel) 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, an apparatus includes a first speech encoder configured to
encode a lowband speech signal; a second speech encoder configured to encode a
highband speech signal; anda filter bank having (A) a lowband processing path

configured to receive a wideband speech signal having frequency content between at



frequency content of the w deband signal, the first portion including the
portion of the w deband signal between 1000 and 2000 Hz. The hi ghband
speech signal is based on a second portion of the frequency content of

t he wi debmodossiigesd , the second portion including thecprisbdopizedy the

wi deband signal between 5000 and 600Q Hz. Each of the |owband speech
signal and the highband speech signalF is based on a third portion of the

frequenc t t uding a
bor 1 on_ eSBb6 g GlootebFunth G BRANLE (L Bibang b€l Gl pRPlE) bitbBd 1900, 8
of at Iepmeszﬁ@pbbhcopﬁg)ﬁ@qtolmcavuihdnwudebammbewhmtgnabandappmdamthe| ncl udes a
filter h V|n ocessi.n h c ured.to receive a
Wi debandﬁb‘%g B%’&%’ﬂarﬁ‘e;?%%ga&?&h signgl ?fto%ﬁgggﬂgfg%ﬂfatﬁi based on a
| ow f r eqyRRsen ﬁ@drﬁér@ of @ wifdad ehante SREFsHHon FlcBidalg thsbrfiéh ofahéi ghband
processing path configured to receive the w deband speech  signal and to

produce aVi¢rbgrbeigep! bﬁéfé@hloﬁ%ﬂém%ﬁéd%mmahh@ne ﬁpwﬁléae%&/baﬁ M dn of the
w deband séo%ﬁ& hgf'fﬁla Freé\h&@zﬁgrﬁﬁg of){hewgeuaﬁwgm tﬂﬂ%gﬁéb&ﬂorpat h
a

overlaps a and 0 nd processin e apparatus al so
i ncl udes ma:hfdmyhe pqmaen bf the nwtkd:and & gl quleedSQQQ apd 600k:Hy hBadhookitend speech

ol Ural i (B SRBEn R R e sog ket e s s Bt oha DRI B e

confi gur Qﬁqﬁ@cge&ﬁé@bﬁm wid€Habagignae x6é tmﬁlwmoallgﬂadm@ap@ﬁoﬂaf thee encoded
| owband excitation signal, and to encode th ghband S|§nal accordi ng

to the IW@WG&‘F}H%@%E@FW&?? ngOs‘%“&ﬁQ@OHFH"t%h%&a ‘V’éﬁ’s‘tf ahlegst#S8Hzt y of hi ghband

filter parameters. [00010] In another enbodinent, a nethod of signal

processi 'I&)09TC|IHQ€&hé%%H&1h{éQt an aﬁﬁ%ﬂﬂclﬁ&b@%@hte?bﬂiﬁavﬁ% R&flaon a
w deband speech signal having frequency content between at | east 1000

and 6000 lpwbangd prasassing raHeconbglyad i reerechwiskchand speach gigaplrgd o pmeflggsband
h h
SPeech s 'aqmﬁa:.ﬁ%gfeglﬁ gﬁ%@%%se‘%o‘i‘&q%‘% eg{g&ﬁgﬁsogigg:&% fte v@i?g)\ﬁgﬁ g%‘é&ﬂ‘g the

hi ghband 's I'nthrs speech si gnal
i ncl udes signalcad ¢B hghighleand pedrassihggpéechfigugd &l rebasetiie oidebadd speddhr st

ortion of the fre enc ent .of wi, deban ignal, the first

Dot on el PG e RBRO Sfoer ietal Bespd s iR O waRkER of 80, and

2000 Hz, vﬁﬂé’baﬁ@% edct Ji%r[aqj Rq:faéébﬁ’rm cﬁ‘fthélb%ﬁr{cﬁ%&@ﬁﬂg gﬁﬂb%ﬂap% t he
hird portion including a portion of the w deband

mndeband signhal, the
si gnal S%@@no f 2lyoly glairpad m@essmg pethatlThe aBpaeiatm dmnéhud@ta firstspeech50 Hz. In

{he et g, V0, 2008) I N T S

speech S|gna incPudes” producing t speec sl gna
lowband excitation signal and a plurality of lowband filter parameters; and a second

speech encoder configured to generate a highband excitation signal based on the
encoded lowband excitation signal, and to encode the highband signal, according to the
highband excitation signal, into at least a plurality of highband filter parameters.

[00010] In another embodiment, a method of signal processing includes producing a
lowband speech signal based on a wideband speech signal having frequency content
between at least 1000 and 6000 Hz; encoding the lowband speech signal;producing a
highband speech signal based on the wideband speech signal; and encoding the
highband speech signal. In this method, producing a lowband speech signal includes
producing the lowband speech signal based on (A) a first portion of the frequency
content of the wideband signal, the first portion including the portion of the wideband
signal between 1000 and 2000 Hz, and (B) a third portion of the frequency content of
the wideband signal, the third portion including a portion of the wideband signal
between 2000 and 5000 Hz that has a width of at least 250 Hz. In this method,



based on (C) a second portion of the frequency content of the w deband
signal, the second portion including the portion of the w deband si gnal
bet ween 5000 and 6000 Hz, and (D) the third portion of the frequency
cont ent oWwotzbes/isdeband signal . BRI EF DESCRI PTI ON OF BdgzaWoNgs [ 00011]
FI GURE | a shows a bl ock di agram of a w deband speech encoder A100
according to an enbodi nent. [00012] fI GURE | b shows a bl ock di agram of an

i npl enen i PR . . FI GURE 2a
shows a ﬁ%&ﬁﬂ%?ﬁ%ﬁ%ﬁ?éﬁ&%ﬁ§ﬁ@gggﬁﬁﬁgSggﬁﬁﬁggggaéﬁgﬁiﬂ%ggg% 5%ding to an
enbodi mebésed pH QONA{ecoidpdREoRdS thhiyemiencyhdontekt ofi thgywalebafd signal, i ement at i on
B 102 of wi deband . speech, encoder 10 0001 Fl 3a a bl ock
(i agr am SORLPUAGH BT PORTAG 9 B e Et SRR B 00 o R Bt e 3
shows a kh@gk thd et doidh of fhel frILEeR® RbAEAt QR tHBIAdetdhd kighdler bank B 120.
[00017] FI GURE 4a shows bandw dth coverage of the | ow and high bands for

one exanple of filter bank Al 10. [00015] FIGURE 4b shows bandw dth
coverage of the | ow and high bands for another exanple of filter bank Al
10. [00019] FIGURE 4c shows a bl ock diagram of an inplenentati on All4 of

filter bank A112. [ GRS DESCRRETIONUPYHEDRAGYINGSagr am of an
i npl ementation B 124 of filter bank B 122. WD 2006/ 107836

PCT/ US2006/ 012230 5 [00021]. FI GJRE 5a shows an exanpl e of a plot of
f r equency0WMd 1] FEGURE R shetse? blork diagrapmed @ yvidstgnd speestoensodar AHOBURE 5b shows

a bl ock diRghiaodh ettBasidnt! | near prediction coding system [00023]
FI GURE 6 shows™ a bl ock di agram of an inplenentation Al22 of narrowband

encoder Al120. [00024] FlI GURE 7 shows a bl ock diagram of an inplenentation
13112 of 2L WHGHRBE 1b shows a block diagram of an implementation A102 of wideband

speech encoder A100.

[00013] FIGURE 2a shows a block diagram of a wideband speech decoder B100

according to an embodiment.

[00014] FIGURE 2b shows a block diagram of an implementation B102 of wideband
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
All2.

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



decoder B 110. [00025] FI GURE 8a shows an exanple of a plot of frequency

vs. log anplitude for a residual signal for voiced speech. [00026]

FI GURE 8b shows an exanple of a plot of tine vs, log anplitude for a

resi dual wogommhofses voi ced speech. [00027] FI GURE 9 shpowraissoobbelo di agram
of a basic linear prediction coding system that also perfornms |ong-term

predi ction. [00028] FIGURE 10 shows bl ock di agram of an i npl enentation

A202 of hygabPRRecURRGRAY W%O&a%]h%;%%t%k%@a&vé@%ﬁnﬁeqm di agram

of an inplenmentation A302 of hi excl tati on generator A300. [00030]
FI GURE 12psshlosigna. bl ock di agram of an inpl enentati on A402 of spectrum
ext ender A400. [00031] FIGURE 12a shows plots of signal spectra at

var i ous ;@02%13 %@p ﬁ%b%ﬁg\vgé Blo diél%aﬁro&f%tﬂaﬁl: nﬁé%gfe%ﬁc%n Qeﬁﬁggrgs%. [ 00032]

FI GURE 1 ots o I gna ectra at various points anot her
exanpl e of a spectral extension operation. [00033] FI GURE 13 shows a

bl ock di 400231 FIGHREI trghbwere hlogk idimgransoizangmplemghiation AleX of namowbandyener at or
A302. WO I21((:)0%61%?27&336 PCT/ US2006/ 01. 2230 6 [00034] FI GURE 14 shows a

bl ock diggr il an i npl enentati on A306 of hi ghband excitation generator
A302. [00035] FIGURE 15 shows a flowchart for an envel ope cal cul ati on

t ask T10(00024D FIGHEREF] BofRE a biock ldiagmnaocfdndmipledicattiomBdl2 afnarmopbemknt at’i on
492 of combi ne 490. [00037] FIGURE 17 illustrates an approach to

cal cul at idﬁ“gOdﬁfﬁrb ure of periodicity of highband signal S30. [00038]

FI GURE 18 shows a bl ock diagramof an inplenmentation A312 of hi ghband
exci t at i goomShEIeURE 8a30aws §éXanile dfla@UiRf fi8qwhoyss. dogddngsituddifags am of an

i | ement ati on A314 of hi ghband excitation generator A302.
P residual signal for voiced gpeec%. g

[00026] FIGURE 8b shows an example of a plot of time vs. log amplitude for a

residual signal for voiced speech.

[00027] FIGURE 9 shows a block diagram of a basic linear prediction coding system

that also performs long-term prediction.

[00028] FIGURE 10 shows a block diagram of an implementation A202 of highband
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 spectral extension operation.

[00032] FIGURE 12b sho“.'vs 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.



[ 00040] FI GURE 20 shows a bl ock diagram of an inplenentation A316 of
hi ghband excitation generator A302. [00041] FIGURE 21 shows a flowchart
for a gain calculation task T200. [00042] FIGURE 22 shows a flowchart for

an i npl enwoteais10133¢t210 of gain cal culation task 7200.pdrdfQ¢hdhi12EiGURE 23a
shows a di agram of a w ndow ng functiéon. [ 00044] FI GURE 23b shows an
application of a wi ndow ng function as shown in FIGURE 23a to subfranes

of a spe Faghin D 913@959 ﬁ&r dan

i mpl emsm?[g?? o:lug%%]}d ?p%%%ggnogg gﬂcod HQ[HOOOIA{ FI'GURE 25 shows a
bl ock di agcitationfgesaratonpB@hent ati on AD1O of WI deband speech encoder A100.
[ 00047] FI GURE 26a shows a schematic diagram of an inplenentation D122 of

hows o SRR AU PR TN P AR o B 1 1D 120

[ 00049] FI GURE 27 shows a schematic diagram of an inplenentati on D130 of
del ay | i[06035] IAGURD 0OSOWs Rl bBidRiEia28ans hibansi mpldpheptatiod 9 pbgpnafinean

i npl enent gti on AD12 of wi deband speech encoder AD10. [00051] FI GURE 29
shows a fl'owmchart of a nethod of signal processing MDI OO according to an
enbodi nent. [00052] FIGURE 30 shows a flowchart for a nethod M 00

accor di ng[00037NFIGIRI® U7 {TkRstratey MAPPDhcHFoCaletlaBiga slemuge of geliodiciaoft for a
met hod M20OO, accor di to an enbodi nent. [00054] FI GURE 31b shows a

f I owchar t Nighhangd ﬁgpﬂﬁ%gmnt ation M210 of method M200. [00055] FI GURE 32
shows a flowhart for a nethod M300 according to an enbodi nent.

[00038] FIGURE 18 shows a block diagram of an implementation A312 of highband

excitation generator A302.

[00039] FIGURE 19 shows a block diagram of an implementation A314 of highband

excitation generator A302.

[00040] FIGURE 20 shows a block diagram of an implementation A316 of highband

excitation generator 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 D120.



[ 00056] FI GURES 33-36b show frequency and i npul se responses for filtering
operations shown in FI GQURE 4c. [00057] FI GURES 37a-39b show frequency and
i mpul se responses for filtering operations shown in Fl GURE 4d. [00058]
In the fiwonewnands acconpanyi ng description, the sane ggfiRbfipptabel s
refer to the sane or anal ogous el enznts or signals. DETAILED DESCRI PTI ON
[ 00059] Enbodi ments as descri bed herein include systens, nethods, and

apparatu GBRE j : i i r r owband
speech ci%ogggfglsupp?? ?%%HZ%%EG}%%%{%%%T%}; &%&%%@%?ggﬂl%%tf?gﬁgm ssion
and/ or stlioe B420.of wi deband speech signals at a bandw dth increase of only
about 800 to 1000 bps (bits per second). Potential advantages of such

i mpl enen j inelud e .cadi 3 : jbility with
narr owbaﬁ@dégg fF écr}rsb,ﬂﬁrzlglsg?\%% F%gggg%gggnﬁﬁootég{' ?%@Q%%%aﬁéé@@cgtdf%& of bits
bet ween tliheD120.r owband and hi ghband codi ng channels, avoiding a ,
conputational ly intensive w deband synthesis operation, and naintaining

a low sa j far.signals, to be processed by c tationally

"t ens: v OOUSIEEACHRE R b PR BleRk i8e R R PR FR o SR BR eI Y et by

i ts cont gydech bidéreAam10.Ccal cul ating” is used herein to indicate any of
its ordinary neani ngs, such as conputing, generating, and selecting from

a list of values, \Were the term"caonprising".is used .in_the present
descri pt 189958 FTGURE Z9shops » doucharcnt 2anechatid sisparoeRENLIg}

oper at i ongeordifg td & dMbotihéntbased on B is wused to indicate any of its
ordi nary neani hgs, including the cases (i) "Ais equal to B" and (ii) "A
is based on at least B." The term"|Internet Protocol"” includes version 4,
as descrf¥5d] HGURES(shawe p flevchasifiona aretheg Mid9iacesgdingyo #-C ( Request f or
Comment S)q fh8dimen@Nd Subsequent versions such as version 6, [00061] FIGURE
| a shows a bl ock diagram of a w deband speech encoder A100 according to
an enbodi nent. Filter bank A110 is configured to filter a w deband

speech silB4B] SIGURE Heshersea Howehertdnmmethed ¥RAP aspodipgtp a2 hi ghband

si gnal S%glbodigpeql{omband encoder Al120 is configured to encode narrowband
signal S20 to produce narrowband (NB) filter paraneters S40 and a

narrowband residual signal S50. As described in further detail herein,
nar r owbarl@00S4t FASUREIAD shews ¢ fipwellartyforanifippmenthtion M210 of method

M200.

[00055] FIGURE 32 shows a flowchart for a method M300 according to an

embodiment.

[00056] FIGURES 33-36b show frequency and impulse responses for filtering
operations shown in FIGURE 4c.

[00057] FIGURES 37a-39b show frequency and impulse responses for filtering
operations shown in FIGURE 4d.

[00058] In the figures and accompanying description, the same reference labels refer to

the same or analogous elements or signals.

DETAILED DESCRIPTION

[00059] Embodiments as described herein include systems, methods, and apparatus

that may be configured to provide an extension to a narrowband speech coder to support



produce narrowband filter paraneters S40 and encoded narrowband
excitation signal S50 as codebook indices or in another quantized form
Hi ghband encoder A200 is configured to encode highband signal S30

accor di ngyH9ydsfih@sdati on in encoded narrowband excit ' S50 to
produce highband codi ng parameters 860 As descrlbed%%gﬁgaipﬁ%?%detal
herei n, hi ghband encoder A200 is typi aIIy configured to produce

highband codi n ar £rs 60.as _codeho n_anot her

oot 7 ad R oR BTl o e ind s el i R AR RS avoo
i s confi gibbeR0D @ 1600HE Chiisipdefranet)s peuaﬂtlml ad@nalgesiif(ludi indpléragr@atiohs about
8.55 kbps (kilohits per,. second) wi t h.abou 55 kbps bei ng]iauﬁd for

narr ovvbariHCIF‘ilq quaheddedrcoffing 4o §UI§2{$ compRtiiliiy 4a naHaWP%Riéb%(ﬁtamé»{ Yon

si gnal ATEaRAOME rhlIkERDn REHAGLARES thdfarfonBbRaiMY 15 9HaRE coddig anet er s
S60. WO 200y/107836 PCT/ 11S2006/ 012230 9 [00062] It may be desired to
conbi ne tqhenr@iﬁemyhnmmropmamaummtm]gw aly:isg'nﬁllegs operatipngaand ngl e
bitstrea I coded signals
Foget hor TP AR, Emplihe HRVPEHE, 39 ghételbh by Db iBafipEOCRE S
transnis&nmﬁmmhammﬁhhumdm@rbmhw$torage, as an encoded w deband speech
signal . FIGURE I'b shows a block diagramof an inplementation Al102 of

L e T

exci t at i GRdightg Bey of3BGrdiang niaginpaRacH dslcb@puthay, aeRtAing, HdQelesting ffom
mul tiplexed signal $70. [00063] An apparatus |ncI udi ng encoder A102 may

al so i ncla/fs obyaluesi FYRere bR ferEy COMPEYNE 15 Biedin fhepsertsiessrpgonihal s70

into at rﬁﬂﬁﬁ" ®8bRRoLiRME bﬂx’éf‘él@m@:ﬁs @r (Wefaﬁgms Offeit6] <A Wbasdd dnSh eRS
channel . Such an apparatus may al so be configured to performone or nore

channel esedti indicap enyefitsrpsdiperympraninggy ieluding thecasss 61 Tdis egvilte i on

encoding (g4 & dAfs%%%ed o%oa?Pe%Etlfl’ The tebiy I%i%fngpﬁjoto‘é&“?xgﬂh)ﬂ%% a&gx%ﬂr er ror

detection e anc ncod or’ Bne or
nore | ay edeScrdfed neIEmFr(htame(tErrgmeeﬂng:’ﬁakl’fgro(e}eREC Redoehifon@ommeERtsy 199,
cdma2000) ooo%% | t masy be desirable for multiplexer A130 to be

conf i gur edIEBOEMFELVETHENS YRR BHEESIHLPr owband si gnal (i ncl udi ng nar r owband
filter paranmeters S40 and encoded narrowband excitation signal S50) as a
separ abl e[080613t FIGITRD{a $Halvis iabll @k &6hgfing bftd widébhnd speteh ehdvatr AD@® encoded

e OMban oraedo af ebediment. Biiier bank A1101S configured to flies b Wwidebahd
speech signal S10 to produce a narrowband signal S20 and a highband signal S30.
Narrowband encoder A120 is configured to encode narrowband signal 'S20 to produce
narrowband (NB) filter parameters S40 and a narrowband residual signal S50. As
described in further detail herein, narrowband encoder A120 is typically configured to
produce narrowband filter parameters S40 and encoded natrowband excitation signal
S50 as codebook indices or in another quantized form. Highband encoder A200 is
configured to encode highband signal S30 according to information in encoded
narrowband excitation signal S50 to produce highband coding parameters S60. As
described in further detail herein, highband encoder A200 is typically configured to
produce highband coding parameters S60 as codebook indices or in another quantized
form. One particular example of wideband speech encoder A100 is configured to
encode wideband speech signal S10 at a rate of about 8.55 kbps (kilobits per second),
with about 7.55 kbps being used for narrowband filter parameters S40 and encoded
narrowband excitation signal S50, and about 1 kbps being used for highband coding

parameters S60.



of another portion of multiplexed signal S70 such as a hi ghband and/ or
| owband signal. For exanple, nultiplexed signal S70 may be arranged such
that the encoded narrowband signal may be recovered by stripping away

t he hi ghbgoathodddotsgé paraneters 560. One potenti al ad\%nlll uch a
feature is to avoid the need for transcoding the enco edﬁ%ﬁﬁﬁggﬁ% si gnal

before passing it to a systemthat sdpports decoding of the narrowband
signal b not. s ort -decodi of .t.he hi ghban tion. [00065]

FI GURE 216(?038@%%’?‘%]%6 %1%@%4 RogPme t '?]@B%%dlagﬁ‘é’g%ﬁa%gé‘gggj@n%ﬁ%ﬁsaccor di ng
t o anenbagtb ABHigle BiBGEDWOIRPsTEx dlapledie ad Bd d&ires toomaiitiplpu tigckncodedaixpdi
narrowband filter paranmeters S40 and encoded narrowband excitafion

si gnal SHEECHST i FALRISHON (3B RbRIHeS 0B ostrelest GHisERiA<aBmel: B200 i s
conf i gur egd 4, QrlecodenhhgiiRaNdie s AdiRE R ANBIETURESADRHEAIIARY to a

narr owband excitation signal S80, based on ‘encoded narrowband excitation
si gnal 55iagrany opamithpdeseatatioy NI QR of widghand sgeetb@ncadar AhGthatdrelngdsa,

nar r owband coder..43110 i s confjgured t.0 RPLoyi narr citation
V0 2006; TOIBECPET ORI S5 S3ab R Rl E AL ST BEC e B200.
Filter baakoBBad dxsitation kiggalrss0, ind ighbhandfilter parabevdda®6) wtognal S90 and

hi ghband signal 5100 %ZO produce a w deband speech signal 5110. [00066]
FI GURE Zgnqlgplgxngsb%lgl Oagram of an inpl ementati on B102 of wi deband
speech decoder B 100 that includes a demultiplexer B 130 configured to

produce qoe0sdedan sipafaalssndddding SROdera1t2 86 alsoanaliay didcpitgxeffigirghal 570.

An apparatus 1 ncludin decoder B102 nmay include circuitry configured to

recei ve rinemHh W@gﬁﬂaﬂ 530 antp 2 drapsraistionhiapned sichps @vdrePPticak AT as a
W red, Oggﬁeq&k chéhelMsull %?%)P%ﬂﬂﬂﬂﬁdghaéﬁﬁfg%ﬁﬁgmgﬁ%ﬁn o Ab0 be

confi gur to performone nor e | detodi ng operations on the
si gnal , sheimehenceding pperatians onithersighat edihrag efrer eprrectiern enceding e 4. ilats-

convol uti onal..decodi and/.or .erryor de ti odi ng ., cyclic
r edundanccf/) & 3%6(:)1%1 lg%nﬁ'f{,?l%érﬁa&/e 3€°dgn§%g%cpgrﬁorgéh&§°§§gg ggo;%?ngg‘lg%\xﬁ&@icpr ot ocol -
decodi ng rééundancykhbelingdfand/oCBnd &, merd itEy2BQF hetwlodOpocoFdnkcdding kagk Al 10 i s

confi gur to fji n j t signal according to a split- band schene to
produce %“Wtfi&e‘%%ﬁg?ag@@gand and a hi gh-frequency subband. Dependi ng
on the design criteria for the particular application, the output
subbands [08064] haigay BEld&krasle fétriﬁquglhxéim@m&ﬁ&&nﬁ%‘@kemﬂb&dqy@rI appi ng or

nonover | apping. A configuration of filter bank 10 that produces nore
t han t wo e@g@ga magoykang |siggal (including narrowband filter parameters S40 and encoded

narrowband excitation signal S50) as a separable substream of multiplexed signal S70,

such that the encoded narrowband signal may be recovered and decoded independently

of another portion of multiplexed signal S70 such as a highband and/or lowband signal.

For example, multiplexed signal S70 may be arranged such that the encoded

narrowband signal may be recovered by stripping away the highband filter parameters

S60. One potential advantage of such a feature is to avoid the need for transcoding the

encoded wideband signal before passing it to a system that supports decoding of the

narrowband signal but does not support decoding of the highband portion.

[00065] FIGURE 2a is a block diagram of a wideband speech decoder B100 according
to an embodiment. Narrowband decoder B110 is configured to decode narrowband
filter parameters S40 and encoded narrowband excitation signal S50 to produce a
narrowband signal S90. Highband decoder B200 is configured to decode highband
coding parameters S60 according to a narrowband excitation signal S80, based on
encoded narrowband excitation signal S50, to produce a highband signal S100. In this

example, narrowband decoder B110 is configured to provide narrowband excitation



possi bl e. For exanple, such a filter bank may be configured to produce
-one or nore |owband signals that include conponents in a frequency range
bel ow t hat of narrowband signal S20 (such as the range of 50-300 Hz). It

is also pResidehesher such a filter bank to be confi g%‘?‘ﬂ]s%(fbeﬂfz? uce one
or nore additional highband signals that include conponents rn™a

frequency range above that of highbah@ signal S30 (such as a range of
14-20, 16:20,_0r 16-32 . as i deband speech,encoder A100
v be 1 Sismarssira b o e B Mg RRE AL R BRSPS o

mul ti pl exefrowdaia sigiaySIvranddighband £ghal $10016 ?ktdﬁcé Deicbglid spesthlsigaaic oded
signal or_signals 1n nultiplexed signal S70 (e.g., as a separable

portion) .31[1@0068] FI GURE 3a shows a bl ock diagram of an inplenmentation
Al112 of filter bank A110 that is configured to produce two subband

si gnal s hao06ey FietnEeth i§§mck%ﬁfﬁi 6San imbiehleffatiBRBi 02 Widbisanar r anged to
receive a wi deband speech signal” S 10 havi ng a high- frequency (or
U.

hi ghband)spgssh deendenBtDOthptdnelides g demulipleser B 3tsanfigurprbiotnreduce maeded bank

Al112 i ncl I W : i qur, i.ve wi deband

speech sisgg%gﬁ ng’ W%%ﬁﬁﬁ&% X%Q%@%@b%gp\'dgg Sgg%r%tgss{ngglgn\éwo, and a

[ﬂ ghbanq decmgBﬁﬁmglapﬁtclud\i\ﬁraﬁﬁﬁ_ fdrfgflggﬁﬁ tcgﬁéféiwsﬁﬂgﬁﬂm&agﬂ% SJZ% froonf i ﬁur ed
O recelve W deban speecC SI gha n 0] r uc | an speecC

D el BB RS AR ehel ph S Emerd, Dl of Bpe e e AP RE D s

a_sel ect afay 1%/ doBANGBE 1o SewfohABHs ofibke BhatBR®Sodihg bdratdon® of et er s

w deband speech signal S 10 to pass a sel ected high-frequency_ subband.
Because Hignal. suahRs SEOLsTeaten desoding(srde ratsrorpRiiie penvoltingal daeding) deband

. . 1ol . t ent
speech sigpal 8@&%&9&& fecoHp &%%ﬁn% Rl &co&ﬁgjéﬁﬁgﬂ&le%?ﬁﬁreex en

w t hout | oss or mat 1 on. er reduc sanpling rate
of the | daysasef reivmhipraiewmddetiodipg (og.abtiewet, #TPHBCdmel0QM. f act or (e.g., by
renovi ng sanples of the signal and/or replacing sanples with average

al ues), I ] g ] . ' te of the
b ghpass 00671 SHERAREITHO b inl kool SEHBRS Pl G408 ° [oo0c0)
FI GURE 3ibaathesksma thprodiced lagrfasguedcyauliand espohighigquenpl sublbatdt i on B122

of filter_bank B 120., Upsanpl.e 50 increases the_ sanpling. rate of
nar r owbardtPEPYR&PN ¢ 916318%.0‘3@? @ﬁ?&aglcg{aﬁ?ﬁﬂ?ﬁﬁn%med’gp S"%Bﬁladitsgé?é' i ng
sanpl es) , haedeydaP¥RaRgudl bhddFidth®shd thiy 8 SverlifpindRsRIBILMpsihgnRl to pass

only a | owband porti on . 0. revent aliasing). Likew se, upsanpler

170 i ncr ewaBguration ofditisr l(aggcgmiotéf?%grqﬁlp@qs il then gia pubbants inep
possible. For example, such a filter bank may be configured to produce one or more
lowband signals that include components in a frequency range below that of
narrowband signal S20 (such as the range of 50-300 Hz). It is also possible for such a
filter bank to be configured to produce one or more additional highband signals that
include components in a frequency range above that of highband signal S30 (such as a
range of 14-20, 16-20, or 16-32 kHz). In such case, wideband speech encoder A100
may be implemented to encode this signal or signals separately, and multiplexer A130
may be configured to include the additional encoded signal or signals in multiplexed
signal S70 (e.g., as a separable portion).

[00068] FIGURE 3a shows a block diagram of an implementation A112 of filter bank
A110 that is configured to produce two subband signals having reduced sampling rates.
Filter bank A110 is arranged to receive a wideband speech signal S10 having a high-
frequency (or highband) portion and a low-frequency (or lowband) portion. Filter bank
A112 includes a lowband processing path configured to receive wideband speech signal

§10 and to produce narrowband speech signal S20, and a highband processing path



hi ghpass filter 180 filters the upsanpled signal to pass only a hi ghband
portion. The two passband signals are then sumed to form w deband
speech signal 5110. In sone inplenentations of decoder 13100, filter
bank Bl120wp3odaiiss@ured to produce a wei ghted sum of %Sgwloﬁ?%sband
signals according to one or nore meigﬂts recei ved and/or’ ""calculated by
hi ghband decoder B200. A configurati of filter bank B120 that conbi nes
nore than two ssband si.gnals is als nt | at ed.. 1.00070] [Each of the
(11 Cers a8 0800 R Sockh QishlofE PRt & hogh e Siselce.

r esponse s{ghhiR30f Lbivpass diltens1Bfiltdrividabdnd-spavph kigaalrSHONO P& a(stldepd f il ter.

The frequency responses of encoder filtfrs 1%0 and 130_&;4 have

synmet ri coiregyeasy phband.ynd Righeass fifterd A0 fi{terg vifehgnd sreeplbsigrl 8 1 b pband and
passband.,Li | oy SHEMAT 835%%h atPSORR hal/d s 160 and
180 may ﬁg%é&g%bn%gﬁgﬁg?e@&l&gﬁﬁsi m ?aﬁé&;gshape%&%r ansiti ohrflfvé ?fé)gﬁr ons bet ween
st opband namolw pasiytidthel thah twidebpnd spegidissignab® W, Bgir sampling ragasichebd y  necessary
for lowass filt 0 to..haye t . re ilter 160,
and for rﬁluﬁﬁdptgssgﬁ’F %%ttere'tr‘%il%]\(fégs %213%%%%@ ns%ﬁ%@ grniséemg@f ?{:}fﬁpass filter
180. | n casplnganelof the IbWeass wignilidcé@dingai & desitdddech3flicarfactdie.g., b0 are

quadrature mrror filter anks, . with filter pair 110, 130 having
e san TEBRYTS Bkt die $14 MG dricingenpise i kg veBasr 670 308

PCT/ US20Q3\Adededod@ 140 2ibWRP febilicds ihesapRhEate SPIRMLEpast S¥RAsEofdind ®F 110
‘has a passband 't hat i ncl udes %ﬁe Ia%n)réi tged ePSTN rgﬁ%ag 0%00?340% Hz
(e.qg., tHaotberfigsitadgdecipnationdfadkesz) . FI GURES 4a and 4b show rel ative
bandw dt hs of wi deband speech signal S 10, narrowband signal 520, and
hi ghband [§0“9le1§|@@15’ b ¥R Q'bid(cgvl Bland i) &H@gcbbﬂaihg %#mﬁéﬁt%’éxﬁﬁlzz' n both

of these particul ar exanples, w deband speech si S10 has a sanpling
rate of 1o6fikeizbank Bdp0.eVesanipier 160 amraases yhecompbng rats ofisardovhandwégnahnge of 0

(o e oonREd, PRI sl 800 o TRl R TR AN Bl

[ 00072] Ithe ig3sempledrighs topadslotlyRHowbandtpoetion (b.8., fopsivamalidsaght overl ap

bet the t. b . A hi ghband_ si .. S .sh in thi |
oy Do ot G URRTHRET 410 HCGHSE Pl ey et N DR G LSRN 3-8 Kip. -
In such anigt@_ﬁé%,filieirlglﬁﬂllté}ﬁftﬂé%lhz_{nﬂhé@si%el to"RsUSRy & RghBARIYottRA. ke to 8 kHz

by downsanpl'i ng the filtered signal a factor of° two. Such an
oper at i oriwonpssbandrpignalsarethpe suraged to feimywidebandrspeseh sismalce 1oh & some

comput at |0l GRS dktodd] B0, HIEYbalk BESSR B! RlkaRRe EWelgifas nal

will nove
sum of the two passband signals according to one or more weights received and/or

calculated by highband decoder B200. A configuration of filter bank B120 that

combines more than two passband signals is also contemplated.

[00070] Each of the filters 110, 130, 160, 180 may be implemented as a finite-impulse-
response (FIR) filter or as an infinite-impulse-response (IIR) filter. The frequency
responses of encoder filters 110 and 130 may have symmetric or dissimilarly shaped
transition regions between stopband and passband. Likewise, the frequency responses
of decoder filters 160 and 180 may have symmetric or dissimilarly shaped transition
regions between stopband and passband. It may be desirable but is not strictly
necessary for lowpass filter 110 to have the same response as lowpass filter 160, and for
highpass filter 130 to have the same response as highpass filter 180. In one example,
the two filter pairs 110, 130 and 160, 180 are quadrature mirror filter (QMF) banks,
with filter pair 110, 130 having the same coefficients as filter pair 160, 180.



passband energy down to the range of 0 to 4 kHz wi thout | oss of
information. [00073] In the alternative exanple of FI GURE 4b, the upper
and | ower subbands have an appreciable overlap, such that the regi on of

3.5 to 4 whzoichomgscri bed by both subband signals. Aﬁzﬁrﬁ%?@%@&gnal S30

as in this exanple may be obtained using a highpass Wth a
passband of 3.5-7 kHz. In such a casé? it may be desirable to reduce the

sanpl i ng 0 K b ownsanpl.j n e filt.er i I a factor of
1617 SudhZ 3Ba i g AR RET S a B b BRS¢ acuce

t he ?:orrpu?ifa‘dimrm raﬁgﬁ’q‘fl%ﬂi{iéwog{z Eugr, tﬁwfgn@freme(smimg{z:)p@l(atmﬁﬂ gaon t hek
signal, w nove the asshand_energy down to .t ran of 0 to 3.5 kHz
Wi t hout |36_§§bél110\?7 Wﬁ%‘t”ﬁﬁ%‘@ﬂ&ﬁs Pbﬁ@?hﬂndlsﬂee\é\gﬁ%?lcsgﬁ’ Wg’z’é?é ?lﬁ‘}aﬁt el ephoni ¢
communi cajlnOkhd HEHBaR siBRl 830 1n SRt EAMRENERARLdAal BxampIEe IHH&HQPNONE and
the earpiece or Toudspeaker) |lacks an appreci able response over the

f r equencythesapagicapr exagplesizwidebangdispecelx sigpal & 10 has @upting pate ofkd kior t i on of
i deband ‘ . Si . i i inth
encoded sTafartngRRincy oRpORINSARuT R Mhe pt o 4 RuupChad iRl 1 | 1€

passbandssigil $208ras 4 shmpliiz rarecdf 3. kbiz8rdotdzenting @qdadnc) nomporenisathéntaat at i ons,
provi di ng anﬁg\égéléi%fz?et ween subbands as in the exanple of FlIGURE 4b

al | ows f df& a | owpass and/or a highpass filter having a WO
2006/ 107836 PCT/ 1, ' S2006/ 012230 13 snooth roll off over the overl apped

regi on. 00472 ihiier &adbR I IGURIE 44, @asiieho dignifledit VerlaplbeS&en the two
conputationally conpl ex, and/or introduce |ess del z% than filters with

shar per owbbangs.i 4 pighhpnd signal S3hasshowrin thisexamplgimay terpbiginedusingiat i on

regi ons tgpd tOnRaYso gitg Q%ﬁssbﬁr?j&MQ@ RBz.( Whiveha BRY, € ﬁ‘}éztﬁle akdi@bkeny) than

filters of simlar order that have smooth rolloffs. ters having sharp

transi t i oldyce ghemamphagratd o kida/ley domgamphng teefilierepeerd by adptartof nay cause
ringi ng i f fid QH 2t at i i one or nore
[TR fil tgt&éo; Sgﬁ%vﬁﬂr%garuf%’r‘b%@}é%gp%d 0 %ﬁﬁ%@%&ra%pié&%gée@ apped regi on may
enabl e t henipaationd camplekityesf farthdriprdcessingwipemeomadnatihe sigealf willitheve thesway from
the unit circle, which nmay be inport t.Q ensure .a. stable fixed-point
|l nent BSTEGRS eneBBEIR B RagANGo SR L ORI L SR S B0t h bl endi ng
of | owband and highband that may lead to fewer audible artifacts,

reduced o00ew3] Mg thea@fativéet&ite GREIGURENLE thetuppétSintl ®werfstisbmayaveand to
t he other. Mbreover, the codi ng};h effici enc%/q of narrowband encoder A120

(for exani appresiall eaeiapatuchdaat fherragionploh> W 4 Wz indeesaibed by PetBquency.
subband signals. A highband signal S30 as in this example may be obtained using a
highpass filter 130 with a passband of 3.5-7 kHz. In such a case, it may be desirable to
reduce the sampling rate to 7 kHz by downsampling the filtered signal by a factor of
16/7. Such an operation, which may be expected to significantly reduce the
computational complexity of further processing operations on the signal, will move the

passband energy down to the range of 0 to 3.5 kHz without loss of information.

[00074] In a typical handset for telephonic communication, one or more of the
transducers (i.e., the microphone and the earpiece or loudspeaker) lacks an appreciable
response over the frequency range of 7-8 kHz. In the example of FIGURE 4b, the
portion of wideband speech signal S10 between 7 and 8 kHz is not included in the
encoded signal. Other particular examples of highpass filter 130 have passbands of 3.5-
7.5 kHz and 3.5-8 kHz.

[00075] 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



For exanple, coding quality of the narrowband coder may be reduced at | ow
bit rates, especially in the presence of background noise. In such
cases, providing an overlap of the subbands may increase the quality of

repr oducegohpRAgRAEY conponents in the overlapped regj ”0521{ QB%&L
Mor eover, overl apping of subbands all ows a snooth bl en ng 0 and and

hi ghband that may | ead to fewer audi Eﬁe artifacts, reduced aliasing,
and/or a | es ice bI e tlranaltl on one and .fo the o qther Such a
oator o msopaoleh bl A e i e P B Sﬁ?ﬁrf@% {eAEIPER SeRE i ch
nar r onbaneks eagpétetionAlly Coraplek, hmg/bbﬁlﬂdduoe o delhy Mﬁﬂltemﬁama@eﬁ@f ding to

di fferent codi ng net hodol ogi es. . For exanple, different Cr%aé ng techni ques
may produBBcksaliatespanpest F é:lg?t‘]ﬂba"éﬂﬁ sharpdrapsideraregionntead iphavehigher o ncodes a

spectral epupLo lémnsmuéémf&ﬁg) RAVBRQOKE diRflhCRderTRY VoGt @ si gnal
having a differ ent sound than a coder that encodes the anplitude spectrum

i nst ead. r@lloffs. Fdltedolwing &hmaneleogregloas pab skso bedonppudseiresponies PCM
coder) roduce a_.si. ayn

frequenc )}X}a a%caus%%nglgg\%gfa& 5 \fl'to i tereb%C I slgrﬂéntﬁ%%g ﬂa&lg\?&he I more

repr esentIR fibers dlloviig fopeehoah rellvifdvepthe analaphal egion mag@mhlm theruesi dual

signal may produce a Si having a different squ n a_ coder that
encodes #f&fGFET WGF%WBWFQ 9"0155 alieérfﬁﬂ% éW?%{r?IB phegnig ‘Wé‘fpes Wgt“g maY Benvel ope. A

coder t hampBRaR eSshsAred bR fi:R8-Rint iRPERASRMAL | on of its waveform may
produce an out put having a different sound than that from a sinusoidal

coder. In such cases, using filters having sharp transitiqn regions to WO

2006/ 107498076¢ 12 \9x2pRing ofidbands llovser spRotihblarsing pidppPay 20dbighBard ray | ead

to an abrtﬂatmagrlgadqew&tau&abiexsnﬂ%tg %'cﬁlla‘l:@ahatsﬁ%l%kjfo‘rﬁ%s@%t%%let he subbands
in the synthesized w deband signal t hou filter banks

havi ng cdrqnlslamfmmrcylebmfﬂoamthq M@@m@ncﬂ}e Coﬂmmﬁmeﬂ pargfwhand used i n
subband teg such t I one of the
wi deband €6 cf{éﬁ%ﬁ%)ff) rTy‘eaﬁltpL |ons 85%&#@5%& yhcg(?}Le%nB%f %%)'gg?;% ﬁ'%em?bank at

t he encoder ekanplerbiigy gedlity of the eatr@vtians coder iag datediegt #eowbit adtesasi ng t hat
is cancel ed |n th corres ter bank at. the decoder. Such an
arrangenéﬁ?ec %@enﬁﬁggﬁg‘&rog'ﬂg/gé? SUh3sSe BV igH a%%ﬁﬁ%o ft he

si gnal Irtﬁél&ﬁ)bﬁa@lnwlﬁdr%ethe Qtofgefproaqbédtf%qthbm BRIpvRSE e il ter

banks, as the distortion may reduce the effectiveness of the alias
cancel | ataveranpedgrgiany. For exanpl e, applications described herein incl ude
coding inplenmentations configured to operate at very low bit rates. As a

cons equer‘[g@()-p,f] Mgﬁover, 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. Such a feature may be especially
desirable for an implementation in which narrowband encoder A120 and highband
encoder A200 operate according to different coding methodologies. For example,
different coding techniques may produce signals that sound quite different. A coder that
encodes a spectral envelope in the form of codebook indices may produce a signal
having a different sound than a coder that encodes the amplitude spectrum instead. A
time-domain coder (e.g., a pulse-code-modulation or PCM coder) may produce a signal
having a different sound than a frequency-domain coder. A coder that encodes a signal
with a representation of the spectral envelope and the corresponding residual signal may
produce a signal having a different sound than a coder that encodes a signal with only a
representation of the spectral envelope. A coder that encodes a signal as a |
representation of its waveform may prodnce an output having a different sound than that

from a sinusoidal coder. In such cases, using filters having sharp transition regions to



very low bit rate, the decoded signal is likely to appear significantly
distorted as conpared to the original signal, such that use of QW
filter banks may | ead to uncanceled aliasing. Applications that use QW
filter bawb2odsypissal | y have higher bit rates (e.g., @®¢gfusiaekips for
AMR, and 64 kbps for G 722). [00079] f\ddltl onally, a coder may be
configured to produce a synthesized %I gnal that is perceptually simlar
to the or % yfrom t he
original dé??*é@n m%r@dr% nﬁguﬂbm% cog&eérbaaltnhat der ese'ﬁtu%g&hbt%% l

excit at i dranfitignbetiveen lﬂlasmbbmbnnitheesntumedasdei@s@lguﬁd herei n may pr oduce
such a signal, as the actual highband residual may be conpl etely absent
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the original signal. For example, a coder that derives the highband excitation from the

narrowband residual as described herein may produce such a signal, as the actual
highband residual may be completely absent from the decoded signal. Use of QMF
filter banks in such applications may lead to a significant degree of distortion caused by

uncanceled aliasing.

[00080] The amount of distortion caused by QMF aliasing may be reduced if the
affected subband is narrow, as the effect of the aliasing is limited to a bandwidth equal
to the width of the subband. For examples as described herein in which each subband
includes about half of the wideband bandwidth, however, distortion caused by
uncanceled aliasing could affect a significant part of the signal. The quality of the
signal may also be affected by the location of the frequency band over which the
uncanceled aliasing occurs. For example, distortion created near the center of a
wideband speech signal (e.g., between 3 and 4 kHz) may be much more objectionable
than distortion that occurs near an edge of the signal (e.g., above 6 kHz).



[00082] It maybe desirable to inplenent filter bank Al 12 and/or B 122 to
perform operations as illustrated in FIGJRES 4a and 4b in several
stages. For exanple, FIGURE 4c shows a bl ock diagram of an

i npl enent woi200%/16483d.4 of filter bank Al 12 that perf orggy,&6ddRchiPnal
equi val ent of highpass filtering andlgownsarrpl ing operations using a
series of interpolation, resanpling, “deci mati on, and other operations.
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to 7 kHz and the spectral shaping operation as shown in FI GURE 4c.
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The spectral reversal operation may be implemented by multiplying the signal with the

function e™” or the sequence (—1)", whose values alternate between +1 and ~1. The
spectral shaping operation may be implemented as a lowpass filter configured to shape

the signal to obtain a desired overall filter response.

[00083] FIGURES 33, 34a, 34b, and 35a show frequency and impulse responses for
implementation examples of, respectively, the lowpass filter, the interpolation to 34
kHz, the resampling to 28 kHz, and the decimation to 14 kHz as shown in FIGURE 4c.
FIGURE 35b shows combined frequency and impulse responses for those
implementations of the interpolation to 34 kHz, the resampling to 28 kHz, and the
decimation to 14 kHz. FIGURES 36a and 36b show frequency and impulse responses
for implementation examples of, respectively, the decimation to 7 kHz and the spectral

shaping operation as shown in FIGURE 4c,

[00084] It is noted that as a consequence of the spectral reversal operation, the

spectrum of highband signal S30 is reversed. Subsequent operations in the encoder and



Al14. In this particular exanple, filter bank Bl124 al so i ncludes notch
filters in the |owband and hi ghband that attenuate a conponent of the
signal at 7100 Hz, although such filters are optional and need not be

i ncl uded. wpQABAGY3d-| GURES 37a and 37b show f requency @@ql,dsmg,bﬁggo
responses for inplenentation exarrpl Eﬁi respectively, the | owpass
filter and | owband notch filter own in FI GURE 4d. FI GURES 38a, 38b,
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[00087] 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 spectral
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
encode at least this coarse spectral structure as a set of parameters such as filter

coefficients.

[00088] FIGURE 5b shows an example of a basic source-filter arrangement as applied
to coding of the spectral envelope of narrowband signal S20. An analysis module
calculates a set of parameters that characterize a filter corresponding to the speech
sound over a period of time (typically 20 msec). A whitening filter (also called an
analysis or prediction error filter) configured according to those filter parameters

removes the spectral envelope to spectrally flatten the signal. The resulting whitened



inverse of the transfer function of the whitening filter. [00089] FIGURE
6 shows a bl ock diagramof a basic inplenentation Al22 of narrowband
encoder Al120. In this exanple, a linear prediction coding (LPC) analysis
nodul e 2X0o0emeadsss t he spectral envel ope of narrowbangcgh@hmboR2d) as a
set of linear prediction (LP) coeffi,?i ents (e.g., coefficients of an
all-pole filter 1/A(z)). The analysi nodul e typically processes the
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transf or rietid@n&ad cRfradidfizt el 8fmant 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.

[00090] 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
symmetric (e.g. 5-20-5, such that it includes the 5 milliseconds immediately before and
after the 20-millisecond frame) or asymmetric (e.g. 10-20, such that it includes the last
10 milliseconds of the preceding frame). An LPC analysis module is typically
configured to calculate the LP filter coefficients using a Levinson-Durbin recursion or
the Leroux-Gueguen algorithm. In another implementation, the analysis module may be
configured to calculate a set of cepstral coefficients for each frame instead of a set of LP

filter coefficients.



coefficients into a corresponding set of LSFs. O her one-to-one
representations of LP filter coefficients include parcor coefficients;
| og-area-ratio values; immttance spectral pairs (I1SPs);and inmttance

spectral woesuaegses (1 SFs), which are used in the GSMc-riSh@badzzaayst em
for Mbile Comruni cations) AVR-WB (Adaptive Miltirate- Wdebanc%) codec.

Typically a transform between a set LP filter coefficients and a
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[00093] As seen in FIGURE 6, narrowband encoder A122 also generates a residual
signal by passing narrowband signal S20 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 ITR 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
S40. Quantizer 270 is configured to calculate a quantized representation of this residual
signal for output as encoded narrowband excitation signal S50. 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. Alternatively, such a quantizer may
be configured to send one or more parameters from which the vector may be generated
dynamically at the decoder, rather than retrieved from storage, as in a sparse codebook

method. Such a method is used in coding schemes such as algebraic CELP (codebook



avai l abl e to the correspondi ng narrowband decoder. In this manner, the
resulting encoded narrowband excitation signal nmay already account to
sonme extent for nonidealities in those paraneter val ues, such as
guanti zation error. Accordingly, it is desirable to configure the

whi t eni ngvoizbosan78ssi ng t he sanme coefficient val ues thatrwiskdos/be230
avai l abl e at the decoder. In the basgg exanpl e of encoder Al122 as shown
in FIGURE 6, inverse quantizer 240 dequantizes narrowband codi ng

par anet e re§ci§|4i9n likeal pleickibny dnliic8decs SR8 BEPEA{THifFPO&TePHtidh Pafn 2¥ he

resul ting val ues back to a corresponding set of LP filter coefficients,
and t hi s B&C EnherceitV asiablgtRats Godgeled to configure whitening filter 260 to
generate the residual signal that is quantized by quantizer 270. [00095]
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B 112 al so provides narr
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 S20 in a perceptually weighted

domain.

[00096] FIGURE 7 shows a block diagram of an implementation B112 of narrowband
decoder B110. Inverse quantizer 310 dequantizes narrowband filter parameters S40 (in
this case, to a set of LSFs), and LSF-to-LP filter coefficient transform 320 transforms
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). Inverse
quantizer 340 dequantizes narrowband residual signal S40 to produce a narrowband
excitation signal S80. Based on the filter coefficients and narrowband excitation signal
S80, narrowband synthesis filter 330 synthesizes narrowband signal S90. In other

words, narrowband synthesis filter 330 is configured to spectrally shape narrowband



excitation signal S80 to highband encoder A200, which uses it to derive
the highband excitation signal S 120 as descri bed herein. In sone

i npl enent ati ons as descri bed below, narrowband decoder Bl 10 nay be
confi gur esloteepo®yd de additional information to hi ghbapdstmegedeio B200
that relates to the narrowband signaé0 such as spectral tilt, pitch gain
and | ag, and speech node. [00097] Thé& system of narrowband encoder Al122
and narrq

anal yei s- ‘&E} syntg%ﬁﬁ%%b agg&é)mg e g%%ht?e@)fﬁt@})éo%ff&fienﬁnto r%)roduce

2
esi s speech code ebook excitati | 'i near
predi cti m@@mﬂ)mgﬂ@m% Nasroyrbeng depoterrB 13 aisp prayidea nafrgwhbandby - synt hesi s

codi ng, aer)]{g thP s gn P%h Hﬁan%f é&pAﬁw Which [R¥s 1'? rée rvgltﬁléen}fﬁ ngcfn encodi ng

of the resi udl SucR-Operations as se ries from
fixed anobxaﬁaibhlstgﬁalmdelaméssmbederer@m ]imsamenmp\tbmemaﬁxpsraaﬁesonbcd and/ or

per cept ual hti ng .oper at | Q her | enent at i gns of i

anal ysi s- tlﬂp“é %{r dEWFhB?]r%PXIB%CQ#Iﬁ‘érgB BRePYide th’r}aﬁ@é‘PmaB?rédi ction

(MELP), &b, @8iabaddctEdeP BOOSHHaelatds @b ﬁ%%ﬁr@@bﬁ@%@nﬁm% spdcsifiar  pul se

excitation (RPE), multi-pulse CELP (NYE), and vector-sum exci ted |inear
predi ct i omtcb‘g@E@P@ lagoatidrsgeechRetesieed codi ng met hods i ncl ude mul ti - band
excitation (MBE) and prototype waveforminterpolation (PW) coding.

Exanpl es @hodr afil zgkﬁ%‘f‘ mmaxaa'eﬁco%&M@S%ﬁo@pﬁ%&ac&&fiﬁ@m ispcl ude the

ETSI (European Tel éconmuni cations Standar Institute)-GSM full rate
codec ( GIMsioexd0ple ofuri whlysisdy-syathieslsiseedxeidee dCodebomkaaxcitatiodilioedron ( RELP) ;

t he GSM enh nee Ut & codes (ETS 6

(I nternat ona n.%cﬁig%’}) BT B n}on} G?twaél%l Slgg;ﬂﬁtﬁgsksogloggﬁ WQ Annex E
coder; t hgnplémentatioay ofmusi aniéarrda)y;@éfbnﬁ odeesmi atcotlngbB&le(reslduarre di vi si on
mul ti pI e access chene); the GSM pt | ‘i rate M A codecs;
and the 4 ng é‘rﬁg&rl’?%‘“ ISP ISEHBNP %“8%%?1%1%"‘ ap Ai?
Incorporaérﬁﬂm%ﬁﬁza@oﬁgpem% andNR HERUR % MG RS S erAond. @mércorrespondl ng

decoder B110 mamy be inplenmented according to any of these technol ogies,

or any ot inplengpiions donrivgsysribesitppdipaieal permixphexdiaiém insabe devel oped)
that repr IrSRBes b% o&l paace ru PEEpB R descri be
a filter Igré%@tj@)( anquc tat |90n g?ggaﬁi)h 0 g"r fage( ?’;ELP sgglr I'bed filter
to repropusextiatios pléEEhrrmltgpldbe CEDE(MB]E) Embvececfr{sem exbigeddmieareni ng filter
has renoved_ .t he ect nvel o and signal 520, a
Consi der aBPHCIAYSELE] cqdings %ej? e gsrg?etl}%‘{sd?‘?éu‘#d{}mﬁg%ﬁ '\9\%’“2006/ 107836
PCT/ US200@488 P2d Grotdype waveform interpolation (PWI) coding. Examples of standardlzed

analysis-by-synthesis speech codecs include the ETSI (European 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 4GV™ (Fourth-
Generation Vocoder™) codec (QUALCOMM Incorporated, San Diego, CA).
Narrowband encoder A120 and corresponding decoder B110 may be implemented
according to any of these technologies, or any other speech coding technology (whether
known or to be developed) that represents a speech signal as (A) a set of parameters that
describe a filter and (B) an excitation signal used to drive the described filter to

reproduce the speech signal.

[00098] Even after the whitening filter has removed the coarse spectral envelope from

narrowband signal S20, a considerable amount of fine harmonic structure may remain,



especially for voiced speech. FIGQURE 8a shows a spectral plot of one
exanple of a residual signal, as nmay be produced by a whitening filter,
for a voiced signal such as a vowel. The periodic structure visible in

t hi s exampbeossaomssd ated to pitch, and different voi cegdraRuesezsfoken by
t he sane speaker may have different %ﬂ;rrant structures but simlar pitch
structures. FIGQURE 8b shows a tine-d in plot of an exanple of such a
resi dual ﬁﬁﬁg@ [ 00099]
Codi ng ef ?’Fe%.ﬂ@ éé%%gﬁgﬁégg}bg%c qug%ﬁoysﬁ%écml gc?%gozlgggaﬂ lg‘éfs? ng one or
nor e par ansdwet sigmdl,lmsnatyd)eqnmimdﬁl h‘)hawhxtetrmg f§lter,dfor mffomekdemgnaﬂ sithskauct ur e.

One inportant . characteristic. itch struct i requency of
the 111 otvomakBimiEriodr Snaiap Fishls i Binbnls Bt R sy St e ecteit cn | 2
typi cal | woidedsbgnds spdten BY tHeQahe sptdRerizay hkbé diffefbfoambmrstraétis bet t ypi cal |y
encoded as the inverse of the fundanmental frequency, also  called the

pi tch | agimifith pteustuyresy ﬁIﬁHB@a&be%lo‘rVﬁétlﬁ@rﬁ@é}mrbnl%%f@meé%mplﬁ obpishgi t ch
period 919%% pe ook indices. Speech
signal s falj?:'lég(rlnﬁ@rrgllgpﬁ speaker ?"lee(rPlld ? lﬁHgﬁSng?ggﬁr% pitch lags than speech
signals fromfemal e speakers. [000100] Another signal characteristic
rel ati ng 10809% eCoslingditicienayqandior spescipevalitydingy heyincregged b upingoeaees t he
strength th r eto

ani on-t ndtgie ARt R REHE bHE Srtloncd & B I MKl OnbnSRLEC ©
peri odi cidhyraatesisticzétie pitchssudigs isthe fraquelnay ofztb@lﬁa;uhmnrce(hlam taledthenct i ons

(NACFs) . i odi bel ated b ch_gain, which is
conmonl y gﬂ%&ﬁ%ﬁ%“@édﬁbﬁk”ﬁ@?ﬂ Tangg °¥8h (t}@z%ﬁ y%épti ve codebook
gai n). [ 09Q&RkEHstNaE fypwaRhennePsahe 1‘1\1@1@6 bBe funahtélfalFRQuéicy @ nodul es
configured to encode the |ong-term harmonic structure of narrowband

si gnal 52@llehdepieinlagi khe mrwnglca@ﬁ@ew@beraﬂf sapples PangditethPeiodt may be
used incl yd P d s the
short-term gﬁ ract erlgtldé)g%Agrn%g%g%‘ég@ﬁgglg‘%a%g%h\ggnopel%rﬁ?&?%omed by a

cl osed- | osppakestgad tethaveplarsdi pitdhdagsaha spstch signalg écomiferale speaketes the fine
pitch or harnonic structure. The short-term characteristics are encoded
as filter jents nd the.long-termcharacteri.stic are encoded as
val ues fo[roog@‘rai‘&hﬁeerrgl ﬁlccﬁamcm Eilctrglﬁg?go\to tléen}agﬁ &“%ureé? %e“"a‘oc Yex anpl e,

nar r owbanehieh tditates thb2Gengly obrhe halfﬁdng:u;trﬁduretdb ia lathétlbvoﬁi’sptthd debresator owband
excitati onhlgﬂ%nal S50 in a formthat includes one or nore . codebook

i ndi ces (¥ e s1gnpbid BarmoRiSHs GRIMaEENC a hO Spicslindicates dagasdsiy fhdex) and
cor r espongd&rogiign aﬂ@wﬁﬁhzeﬁadufdébﬁélh% fﬁﬁctitom NACR)! peesi&igRhssAfy ation

of the narrowband residual signal (e.g., by quantizer 270) nmay include
sel ect i ngbesindinatpdhbly the pitch gain, Wthh 1s commonly encoded as a codebook gain (e.g., a

quantized adaptive codebook gain).

[000101]Narrowband encoder A120 may include one or more modules configured to
encode the long-term harmonic structure of narrowband signal S20. As shown in
FIGURE 9, one typical CELP paradigm that méy 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
| the fine pitch or harmonic structure. The short-term characteristics are encoded as filter
coefficients, and the long-term characteristics are encoded as values for parameters such
as pitch lag and pitch gain. For example, narrowband encoder A120 may be configured
to output encoded narrowband excitation signal S50 in a form that includes one or more
codebook indices (e.g., a fixed codebook index and an adaptive codebook index) and
corresponding gain values. Calculation of this quantized representation of the

narrowband residual signal (e.g., by quantizer 270) may include selecting such indices



WO 2006/ 107836 PCT/ US2006/ 012230 22 and cal cul ati ng such val ues.
Encodi ng of the pitch structure may also include interpolation of a
pitch prot otype wavef orm which operation nmay include calculating a

di fferenge R6L iéyeﬁ@ successive pitch pulses. Mdeling Qi thgcdpgsterm
structure may di sabl ed for frames correspondi ng to unvol ced speech,

which is typically noi se I i ke and urdtructured. [ 000102] An

i mpl ement at.i gn .of nar decode 0.accordin Lo aradi gm as
shown in qﬁfl@ﬁﬁé AGE B %S %r‘\ B{Q’%I’%‘%’t Pt AP PO 8ﬁg§ci tation

si gnal S8ftetplatidh 9hb pikch ;demq@eIWaBé’feﬁn aﬁmaf oﬁemohmgqﬁcﬂﬁda @lculaghghe (pitch
or harnonic structure) has, been restored. For such a decoder

may be cdhff?remeé&twnée&csmverpm BWsEn a/lodéle%s ?féb? l?ﬁgé?rgh%wcemna% g
dequant i Zgdpiars f?ﬁnégfcoﬁgﬁ‘begtﬁgg MJVQM@@&IQe&?( %fcﬁgéh @Bwﬁﬂﬁﬂ@ke—h@ﬁd of

course, it 1s also possi to | npl ement” nafrowo decoder B 110 such
t hat hi gisawdurdécoder B200 perforns dequanti zati on of encoded narrowband
excitation signal S50 to obtain narrowband excitation signal S80.

000103] | c ording to
E’i par a!:li (r)n@iaat)s% S ﬁ\;ﬂ@@%ﬁ% Mgﬁw‘gﬁgﬁg nggﬁfy;hg a%gg%aﬁay e a%’onf: ggr ed
to recei v@owhlmeFIﬁHﬂRE\‘Mmmyd:ee:mﬁgtmed toupugmatovdendeaitatadsignal §8kto
short-term anal e filter, In.ath wor.ds, nary.owband
encoder E@’aﬂ‘éé éerw @‘8 T‘gg't?ﬁﬂ %ﬂlffuf%gntg%%ﬁf%%fﬁaﬂ%%?{%l on
si gnal t opdah edakadl I%?@Qedﬁﬂe AdéDa ERb&r a5 REhMEIrdd S dufafnirRwWbandt r uct ure.

It is desirable, however, for highband encoder A200 tqQ receive fromthe
nar r owbarRkCEHigRignal $79 @&rﬁéqwﬁﬁ‘rﬁgveﬁlﬁlb?fr?ﬁ?‘?déﬁ nprpRiybapgl ekcition ggealved by

hi ghband g4 ﬁrﬁgéf)@’alsﬁyﬁﬁ BORY; n{pikﬁaeﬁmb&% ALBL&E B 18" Q&Ltﬁed by

hi ghband enco rea y ‘account to sone extent for

noni deal i lnlgldmnd deqoldaltBiiQQfmrfmmua dmuanﬁh@tsmqu enaded harqyrbehé exditatorf or

hi ghband enc 0] Lo r co tuct nary and excitation signal S80
R b 549

Clta S1
fromthe ¥g} NET Ak encoded narrowband excitation

signal S50 to be out put by Wi deband speech encoder A100. One potenti al
advant age[000103hinsan implemeatation of minielmndepmcla,tm:oderlklﬁ)bab&mdnngto 4 he hi ghband

AR T RS T SN TR E N 6
nar r owbangle shgiManSeoitallon SioNdp adphogite @? FheAhSH- téfﬁ%nﬁfy@@ BE Fhidéh ter.
val ues that relate to other characteristics of narrowband signal S20.
These val fikgs, 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
S80 from the same parametrized and/or quantized encoded narrowband excitation signal
S50 to be output by wideband speech encoder A100. One potential advantage of this
approach is more accurate calculation of the highband gain factors S60b described

below.

[000104]In addition to parameters that characterize the short-term and/or long-term
structure of narrowband signal S20, narrowband encoder A120 may produce parameter
values that relate to other characteristics of narrowband signal S20. These values,
which may be suitably quantized for output by wideband speech encoder A100, may be

included among the narrowband filter parameters S40 or outputted separately.



whi ch may be suitably quantized for output by w deband speech encoder
A100, may be included anong the narrowband filter paranmeters S40 or
out putted separately. WO 2006/ 107836 PCT/ US2006/ 012230 23 Hi ghband
encoder A200 may al so be configured to cal cul ate hi ghband codi ng

par amet eyg oA oR6gor ding to one or nore of these addidgdrasabosparsuret ers
(e.g., after dequantization). At w geband speech decoder 13100, hi ghband
decoder B200 rmaybe configured to reCeive the paraneter values via

narr O\A’bar}g%kg%ﬁ@gﬁ:ro %ﬁbo(lﬁ%galso @eféoﬁfl urg@&%ﬁhiaﬁlgﬂ%d c@éhﬁ r “?‘t ively,

hi ghband 00 may conflgu ed to recelv and SSIb|y to
dequant i pelantetees Py mneding to aheiesmoe Déd@*%dd{tﬂﬁﬂm@]me@rmfm efenpl e of

dditi t .r.Qwband 120
RN S B S S
frame. Spesfiguadd tblrédewre&h@paﬁﬁméta‘ ‘alRs sfagpgowbarddiRcaRe Bl I®{e.£ufet ope over

t he passband and is |caln%§represented by the quantlied first
refl ect i sl§aesHzatop). e?alfemattyﬁly pibapg degager %%ﬂ?ﬁa%y baqpeligletiagreiner gy

decr easegyyd [fo@sﬂ)l@l% BERiafiGeh (R AR ler vauesmlse%t he first reflection
coefficient 1s négative and y approach -1 st unvoi ced sounds have a

spectrumthat is either flat, such that the first reflection coefficient

i s cl ose [0P198Hp onwxanrpé%ofrﬁdfbéwéﬂénaggw@andm@ng p?ré@e@rscn@@w@aéh that the
first refd (15,8&45} gffz&@%ﬁdggb%&s fof's &Qgﬂétn;ltvaﬁd &%Mﬁ& +e]ach[000106]

Speech no volcln ates er t e current
frame r efmn&s eipeatral ditcedeto thesiope eftths freetcd endlors qyar thephsbandempd fkave a

cr oos! ngaybRABRE R0t A SRR el LR Fat TR e Pane. such

as a rel abu@R, thekpmanl chly dacroBmaswitk inkfedsidg frfiRabYIsach thaltheefirst N ot her
|nplenentat|ons t he speech node paraneter has one aor nore qther states

to indi cdfdechipyeeetlcien 1%1%eg§§1Yeeﬁ"i‘@énadraPB‘é’€%rIOlMBStHBY%‘%e s9rnds havedisi ti on

bet ween s%bétﬁ:ﬂ?ﬁaﬁ@ ditheR NG e duchRER flrEtQQ@ée%ﬂl Ebehiafds 86&ad 860 K00 s
configured to encode gmﬁhband signal S30 according to a source-filter

nmodel , wilah moreenesayi ftt dreqpencies raueh thiat the firsbreiflaefidnepseidicisnt 1sipesitiesncoded
narromba %éﬁlhg% flgnal FI GURE 10 shows a bl ock di agram of an
|nplenenta hlghband encoder A200 that is configured to
produce a stream of hlghband codi ng paraneters S60 i ncl udi ng hi ghband
filter pd0tdid6lSmEedBtiadeaiado ciilledvornyg Igralehinﬂmates)wshelﬁﬁﬁbe cidrephframel
excitationlgenerator A300. deri ves fh ghban

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.

[0001071Highband 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
encoded narrowband excitation signal. FIGURE 10 shows a block diagram of an
implementation A202 of highband encoder A200 that is configured to produce a stream
of highband coding parameters S60 including highband filter parameters S60a and
highband gain factors S60b. Highband excitation generator A300 derives a highband
excitation signal S120 from encoded narrowband excitation signal S50. Analysis
module A210 produces a set of parameter values that characterize the spectral envelope
of highband signal $30. In this particular example, analysis module A210 is configured

to perform LPC analysis to produce a set of LP filter coefficients for each frame of



excitation signal S120 from encoded narrowband excitation signal S50.
Anal ysis nodul e A210 produces a set of paraneter val ues that
characterize the spectral envel ope of highband signal 530. In this
particul avoewsnwisss anal ysis nodul e A210 is configureqderhR, E/{nfz?srom LPC
anal ysis to produce a set of LP filt ;{] coefficients for eac rame of WO
2006/ 107836 PCT/ US2006/ 012230 24 hig band signal 530. Linear prediction
filter c |G : : f of LP filter
coeffi ci g%één?r?fggﬁgg%é?%g%a%%glﬁ %gﬁ @et?}jcg?fﬂ%{g@g@ I%sﬂ?%%se Sggove W th

r ef er enc gansforans dheysst ef I fliereopffidicandnto pangéspondiz@ et obh8Fy shsnateslul e A210

and/or transform410 be confi d u e oefficie ets
G, ceRuRai il RamaRe Tk § 00 ond BB 2D el PR IR . .

| SPs) . [ @Ad3dO08dns{Quanild ek bé 20nfiguraias ubgsthadotfficignosets €., chstalet of

hi ghband LSEs (or qother _coefficient representation, such as |ISPs), and
hi ghband cesiHigierts) andiep coedficignmpryeicadtions 8wl the result of this
quantization as the highband filter paraneters S60a. Such a quantizer
typi cal | yogonesd)asiastiar Mﬁﬁits‘éf)ni?%!@éﬁtbﬁﬁinti%@ﬁfe QI OEBatESFBHSthyect or as an
index to a corresponding vector entry in a table or codebook.

(000109] tostfigipmaericssniat oo sugdpoASBS)sandihighbaribencades \AP0R dseopfigped & A220
confi gur : s i hj ’ j rding to

i ghband et e ReBE ek DT b BB R, SR S58F SR8 Ope (e . .
the set qhartiRerftypitaly incleddsiacicetor glanpraythat entodésythaimphi eictor apatuindexA210.
Synthesis filter 20 is typically inmplenented as an IR filter,

al t hough%(f—'???rf%? \{eg&Ofg%tgy W‘:&Na}ﬁ? ggpoggb(i? ed. In a particular exanple,
synthesis filter A220 is inplenmented as a sixth-order |inear

aut or egr ¢60010%] HighHaad encod @QQA0RHIddI igdliden d sgethesisf il d220 adrfigustdas A230

cal cul ates one or nore differences etween the levels. of the original

A1 ghband PEICGER SegTsar sy Hedsot f Funbam o e o5 38 Lpeci fy a
gai n envej1opend & eidd8ed $RB®al ch¥ddiel (8.81, 36k of MPI FIRr BBRffiiBnts) produeBENt ed as
a vector quantizer that encodes the In%ijt vector as an index to a

cor r esporviapgysieeede &gl Synthesistiiisr 824} is sxpieablympleqentt pyesRne val ue or
val ues ngt%ﬁ'aft%ugﬂ F;ﬂbt %@ntﬁ@?ﬁ?'x@#%so%@%é& %‘P?a ‘cﬁl’ﬁf&gﬁiﬂf‘zoz IS

configured to outpu resu thi's quant Ion as hi ghband gain
fact ors S@fibesifll@dAL2) islimpementedlae asinthadridariinesr mhoegredsiveAIGRE 10,

synthesis filter A220 is arranged to receive the filter coefficients

from anal ¥Si;Sas | e, A21Q. An alter Y i.pl enent at i.on _of hi ghband
encoder  ASTBTTIEEsEe 28h Yo 2 Bl ARS) Ul R BB bR
between the levels of the original highband signal S30 and synthesized highband signal

S130 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.

[000111]In an implementation as shown in FIGURE 10, synthesis filter A220 is
arranged to receive the filter coefficients from analysis module A210. An alternative
implementation of highband encoder A202 includes an inverse quantizer and inverse
transform configured to decode the filter coefficients from highband filter parameters
S60a, and in this case synthesis filter A220 is arranged to receive the decoded filter
coefficients instead. Such an alternative arrangement may support more accurate

calculation of the gain envelope by highband gain calculator A230.



transform configured to decode the filter coefficients from hi ghband
filter paraneters S60a, and in this case synthesis filter A220 is
arranged to receive the decoded filter coefficients instead. Such an

al t er nat iwe2@6nemgenent . may support nore accurate cabeglgivogmaesh t he
gai n envel ope by hi ghband gain calculgtor A230. WO 2006/ 107836
PCT/ US2006/ 012230 25 [000112] In oné particul ar exanple, analysis nodule

A210 and [Bb(ﬁ*i?flﬂ gng . cﬁﬁ' eﬁgljtnﬁlteoﬁnalfl%%godﬁtét&ib aad gggﬁmdt %Lli(cah'c%ﬁﬁo and a

set of fi n-vafr ues respectively deband
ext ensi on‘\ZﬁO dutpzut msatroﬁmws sadynedt oS2@ gaiy vadeespehiramedespettivelnbuch el even

ddi t f Th d be. | tiye t
P cauenoy e e EXept e e SEULACTRAY o FFmaRd g ai a | ow

LPC or derelg@y a@dif6HAL faldes p‘étﬂﬁkﬁé TRy/dal Ends ©OENES 3klsRivees 68fieHay quality to
nar r owband codln at a higher LPC order. A typical inplenentation of

hi ghband eTesa dighAregneneisy, %‘éh thehhighand goding atcﬁipwl}tPCémtd@r gy poduceder frame
for high- s‘ﬂg{ﬁihatv{ g &ﬁb%}db%cﬁeh&g 91‘ cautaﬁ@ 15 REFSWIHhd BOYRE QtpaemgMLP@not her 8

to 12 bits” per reconstruction of t t enpor al
envel ope.ordérn Aatypicllémplearentation ef h1gh€cmnqb bmoderr’sd0panay eomnfigure@tc0 out puts a

ancoder AB0er 7 2 B beg 1P BR Tord" B StRL=o R BNSRR 8T DR APRat BveEpgiAl S 120

by gener adnoilgr 8td BB PenBise e hgdhedualig\teddgsthicgbl e tdniaalengglogepponent s
and anplitude-nodul ati ng the naqi se S|qnal gccordlng tog%\hg§ i me- domain
envel ope BrnAheR3HERRE SEIRRic ang5Hs mRdyle A%AAAYPER distLafie S80, or
hi ghband gighal S30. Wile such a noi se-based nmethod may produce adequate
results for unvoiced sounds, however, it may not be desirable for voiced
sounds, whose residuals are usually harnDnlc and consequently have sone

peri odi c 99 Uémr@c lmqlmiaiwpwfdﬂgi&%ﬁ encedlar Y208 AreRonEgBEd fo pedirei s
fi d th
contli gureﬂ?ﬁ AndExt ﬁ‘&?m%la@@%“&& SEGih f Boxﬁhgfaé‘hlg?%%gﬁh%ﬂ%gﬁ Ing the

spectrumo and C|tat|o Si gna Into nd frequency
range. FIiBdREnclcosiponentsoand|apiphitudie anpdaltatiog thamoist sigha rmeenrding enthA80R- of

hi ghband exci.t at i ner at or . A30 nver s uanti.zer 4 configured
t o dequariaiiit Sivebae AP REPRRaRE L Re) BFP SRl Gl B e R S e

nar r owbanigglebead tighdl $30.S WailalsudbBOnoiserReéd ethekinay Ridudiiidq e @aifsi gured to
produce a harnDnlcaIIy ext ended signal 5160 based on narrowband

exci t at i offr ¥p\pirgr sapgs, howskes; a1y a9bbe desizabie fog Hoigef oyndssMBPife a random

noi se si gRGuAERELA8Y hR¥ndM® R consequently have some periodic structure.

[000114] Highband excitation generator A300 is configured to generate highband
excitation signal S120 by extending the spectrum of narrowband excitation signal S80
into the highband frequency range. FIGURE 11 shows a 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 configured to produce a
harmonically extended signal S160 based on narrowband excitation signal S80.
Combiner 470 is configured to combine a random noise signal generated by noise
generator 480 and a time-domain envelope calculated by envelope calculator 460 to
produce a modulated noise signal S170. Combiner 490 is configured to mix
harmonically extended signal S60 and modulated noise signal S170 to produce
highband excitation signal S120.

[000115]In one example, spectrum extender A400 is configured to perform a spectral

folding operation (also called mirroring) on narrowband excitation signal S80 to



generator 480 and a time-donmain envel ope cal cul ated by envel ope

cal cul ator 460 to produce a nodul ated noise signal S 170. Conbi ner 490
is configured to mix harnonically extended signal S60 and nodul at ed
noi se signal S170 to produce highband excitation signal S120. [000115]
I n one exX¥ApRIs/108pect r um ext ender A400 is configured treTpStd6HTRRA
spectral folding operation (also capded mrroring) on narrowband
excitation signal S80 to WO 2006/ 107836 PCT/ 1JS2006/ 012230 26 produce
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vi a upsamepiendag signal Db yispeainally irphslatiag inamowhant excitatias signal-S8P dnjodiecy
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di scont i rositssigndn the original harnonic structure of narrowband
excitation signal S80 in phase and/or frequency. For exanple, such
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the wupper spectrudm excltation~sign may contain
little ortheundamentpl freqeanci whielt maycanse emgedusdignaitifagesiethet ed according to
a spectral_ faoldi or.spectral translation operati.on | have a spectral
hol 6 abo SO Bt5 SEPoeh ST | Pegerac ot ofts yid 47 BrpdRes BEh-E5doed oni cal 1y

ext ended Hairgérads thathale umatuedly strofkehalfcihmageniiies. OMorson er, bevaakerent al
frequencies of narrowband exci ts;i o'rt\b?siisl?nal S80 and, gener ati{\hg har noni c

tones acdoridl Hgral g1y fg sampledhit tmited fpypqsmorerfaan 30D Rzt st ructure
of an exGiphatshaitdi SakoWBYd&cANRL AGH AT 5085k R e fIH BA R ERER)

frequency together wth anplitude an%}l_phase I"'nformation. Another
i mpl enmentsueh At apfextenil ganetadactarding éme speciorl IAd0E cgeprsiralt es a

har noni Ca&a'{lﬁat?ﬁg.%gﬂgl?féﬁ%a%%ﬁ aessipgg%qlg&%%go\%%gwﬁzfundanent al frequency and

anplitude (as

[000117]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 fundamental
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
with narrowband excitation signal S80, however, the quality of the resulting decoded

speech may not be acceptable.

[000118] A nonlinear function may be used to create a highband excitation signal that is
phase-coherent with the narrowband excitation and preserves the harmonic structure
without phase discontinuity. A nonlinear function may also provide an increased noise
level between high-frequency harmonics, which tends to sound more natural than the

tonal high-frequency harmonics produced by methods such as spectral folding and



pitch lag and pitch gain). Unless the harnonically extended signal is
phase-coherent w th narrowband excitation signal S80, however, the
quality of the resulting decoded speech may not be acceptable. [0001181A
nonlinear function may be used to create a hi ghband I kRD2s gnal

that is WBﬁ&%QW@S“ner ent with the narrowband excitati ?r‘(ﬁ?r?géopr eéerves t he
harmoni ¢ structure w thout phase digtontinuity. A nonlinear function may

al so provide an increased noi se _|evel between high-frequency, harnonics,
whi oh' t o AERETALTane GHER. rDYRicA B EROSYISst AR UnGHSE [P ogH oF FRRYEL Rty

har noni Cs/aRERAGReheRtBRY FTRESHBH R tcAGerSRRBLAhdd 18é BbsBmta it ibhaor6/ 107836
PCT/ US2006/ 012230 27 spectral translation. Typical nenoryless nonlinear
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ext ender i ARG ' lshed ful l wave
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apply a nonlinear function having nenory. [000119]FI GURE 12 is a bl ock

di agram ' ation, AA02 of. specirum._.ex er A400 that is
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narr owband excitation si gnalsﬁ%8gj | t rraqx’/} be desirable to ]%psanpl e the
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the signal by a factor of eight. Upsanple may be configured to
per f or m tsuHicignds pivinigizsplirvng wnenigpplicekion ofithe renbigearfendtiapuin ongj gnal and
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functi f tral. extensi h quarj is.that,

nor mal | 2 287BanedowREsS FuEiReibe Uik Nerlings Tanalion SeieBiAter 57 oML ¢ val ue
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of each sanp Nonl i near function cal cul ator 520 maé al so be configured
to perf ord®selite valyp finctige oves opienrendinear functiprsfapsnsatrd cxtspden. sugh 3 ext ended

si gnal . Q’H]fgz : I LgUrad eqthe

spectral I%}Qex é%h@%ggﬁéﬂag?@% y"uqﬁ%gd% %eﬁﬁo#?ﬁggwgﬁ%ﬁﬁsf tc})l%\ It may be
desi r abl eab‘scduted@lm@arcﬁbmmaﬁbé)apph’e;beffifcimﬂy bysthippidp assledririgtthe sigmgbiop®er at i on
to sel eCteaca:h 9aef\nspller. %ortl{n%gr%r?&%n t?:?ﬂ@ﬂat%ﬁ 55 rﬁays g}oc,ét)er %n%igured to perform an

amplitude warping of the upsampled or spectrally extended signal.

[000120] 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 a 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.

[000121]FIGURE 12a is a diagram that shows the signal spectra at various points in
one example of a spectral extension operation, where the frequency scale is the same
across the various plots. Plot (a) shows the spectrum of one example of narrowband
excitation signal S80. Plot (b) shows the spectrum after signal S80 has been upsampled
by a factor of eight. Plot (c) shows an example of the extended spectrum after

application of a nonlinear function. Plot (d) shows the spectrum after lowpass filtering.



ext ended signal before reducing the sanpling rate (for exanple, to reduce
or avoid aliasing or corruption by an unwanted inage). It may al so be
desirable for downsanpler 530 to reduce the sanpling rate in nore than

one st aggyobfdRebdssl FI GURE 12a is a diagram that showspipgsiv@éiddsospectra
at various points in one exanple of a spectral extension operation,

where the frequency scale is the san88 across the various plots. Plot (a)

shows th ectru f one exanpl e.of narrawband ..excitation, signal S80.
Brlot (b) RBRENHS QO ot SR 12l HRber 2580y B EH At °hy o
fact or ofs3wi(ght, 7 Klzak 8(kd)z).shows an exanpl e of the extended spectrum after
application of a nonlinear function. Plot (d) shows the spectrum after
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In one particul ar anmpl e downsanpl er 53 erfornms the hi ass
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si gnal th{}é@blﬂ@tlﬁﬁ@b&ﬁﬁ@ sighdl tiebughXigtiash flewnseand &wnbddplef 140idftiiger  bank Al
12 (or other structures or routines havi n%Ft he sanme response) to produce

a spect r kA2 (@ Rid sETGiES oHavineg hevies fe sgrerreponsedigeradief anpl i ng
rate of hj | ind @083 REmB Rl e
downsanpl %I%g 0 qEtx‘[heglh I g Sgggn%éltgggl sh(é)y\it/n%ni’gﬂ;lraléﬁpltéotE ( )a caus%saa reversal
of its spegnal§d0. In this exanple, downsanpler 530 is also configured to
performa spectral flipping operation on the signal. Plot (h) shows a

oSt SROPEN PSR B R SRR Do iy

per f or med" by pfyrng t gnal tro
sequence (f) dadusesvatrowesal af iiepeeatiiner nabie exenpie alowhdamperd301s alSuch an

operation is equivalent to shifting the.digital, spectr f the signal in
Che T r equettd ety ePered BiroBlopinicn i bf siehfl SiortHlfovt tresihe
resul t mayr pEhgife spebiralifRgsind¥peddtioh yiieh inﬁg?_béi pasiARR b Rehl@ginspeCt 1 al
flipping operations in a different order. The operations of upsanpling
and/ or dosipgsampthitimgfunetiona¢ 'Co obthe seknaggurbl wimse 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 m, 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).

[000124] As noted above, filter banks A110 and B120 may be implemented such that
one or both of the narrowband and highband signals S20, S30 has a spectrally reversed
form at the output of filter bank A110, is encoded and decoded in the spectrally reversed
form, and is spectrally reversed again at filter bank B120 before being output in
wideband speech signal S110. In such case, of course, a spectral flipping operation as
shown in FIGURE 12a would not be necessary, as it would be desirable for highband

excitation signal S120 to have a spectrally reversed form as well.



i nclude resanpling to obtain a spectrally extended signal having the
sanpling rate of highband signal S30 (e.g., 7 kHz). [000124] As noted
above, filter banks A110 and B 120 may be inpl enented such that one or
bot h of twewnodwpand and hi ghband signals S20, S30 m,lgz(ﬁ,d@ﬁgg ally
reversed format the output of filter bank Al 10, is encode decoded
in the spectrally reversed form and’i s spectrally reversed again at
filter Iy n ou al 5110. In
such casgﬂ&ﬁsﬁﬁj grvglgg&a%ggglétl 2 %]F dd&wn%%ﬁﬁ’x?{e gﬁig&%ﬁ%%m% I'n FI GURE
12a woul cbpentiobes pwf@ﬁﬁ@:hb}yspeét&lm bxtw&lﬂ:f A4msmzl§ b¢ catfigarddand Ial'rg’(gaand

excitation signal S 120_to have ally.reve f orm as WO
2006/ 107888 YPETTER IS/ B%ﬁéeplezglqig’%iiés %gglotwéélkesﬁ upsarrpl i ng
and downsgagtal af Yarfus goﬁrteﬁtaﬁ&herextﬁﬁt@ bpﬁlspe@ﬁ)ﬁreﬁfehﬁﬂn aperReInf Ah&E cheby

spectrum ext ender A4 be configured and arranged in many different
ways. Forfraseensylseale FItEiRElelaztS)Stt theyagousplaisn Flakke) thmctmr@ﬂ%nne spectra

t f t
where t nexalplR BaidhiARgeRAfaiBy BERL S0 b SRS dhe SLEALEN BRI D) O o)
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appl i cat i @Rhexi }@rﬂ@@ldn&eﬁfs af;wpegdl on. In this case, aliasing that may
occur in the ﬁl gher frequencies is accepted. [000126] Plot (d) shows the

spectrum tral reversal operation. Plot (e 0 t he
spectr um 1330%@?1310& s dhespectyrm aitRRaSBeRIal Tryersal QPG %fhsﬂﬂ&/s)s%‘ﬁwi ng rate
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signal. Int exa th i's I'n sgectraly reversed form and
may be uswduded bun faqmoemt%ahtemt e@lr:swdgmﬁﬁrn y extersigdsignalodn %S ch
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Spectral extender A402 includes a spectral flattener 540 configured to

perform i n on the Jed
flattener Wﬁ@’ sgearaﬂ i Sﬁ(?egc?lgtnal Py U%?w r xe V\}ﬁ’n C%lrct‘ﬁﬁ %)%er ation

or to perltsqukénywhzadarptcmoanmldtr@mrﬂtg ampmuat a@ﬂﬂequbﬁbyancrp@et | Spebal exanpl e
of adaptive whiteni ncgi spectral flattener 540 jncludes an LPC analysis

modul e coffsgeretincludgs @ speptial Haticasr P copfigured tomeronp aphiteivht s from t he

operation on the downsampled signal. Spectral flattener 540 may be configured to

perform a fixed whitening operation or to perform an adaptive whitening operation. In a
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 signal
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.

[000128]Highband excitation generator A300 may be implemented to output
harmonically extended signal S160 as highband excitation signal S120. In some cases,
however, using only a harmonically extended signal as the highband excitation may
result in audible artifacts. The harmonic structure of speech is generally less
pronounced in the highband than in the low band, and using too much harmonic
structure in the highband excitation signal can result in a buzzy sound. This artifact

may be especially noticeable in speech signals from female speakers.



downsanpl ed signal and a fourth-order analysis filter configured to
whiten the signal according to those coefficients. O her inplenentations
of spectrum extender A400 include configurations in which spectral

fl att enerwb4eapmsat es on the spectrally extended si ggalusbhwéoreso
downsanpl er 530. [000128] H ghband exg{)(t ation generator A300 may be

i npl emented to output harnonically tended signal S160 as hi ghband
excitati gﬁﬁ}] 180k i &ﬁéﬁﬁ] '

har nmoni cgm(f/mext ebnoc?ed ssi lgﬂg?@gqult e |0gr:11f1 an e&céie%bzﬂta?%]n%gét&ﬁ e?,gglt in
audi bl e dhat afesronfigurdthte mizrhagaenicadly eniendadesignpl $if@ewith 4 Roiggesignahl Ay | ess
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[000129] SERBRAT SonRureddR PrafHP Nt YatiaBFRsw eIPfF‘@)‘f?B Tt at i on

gener at orgi A30AIthduBRin Gthét imPlieatatifst thondkesidial Neddineabd whikdmanggd signal S
160 with a noise signal. As shown in FIGURE If, hllﬂhband excitation

gener at orhapg@poverckeniyshal vadessetiysensierayolt magbe dasieble foroaise By\wraer t o
produce 24556 i 99 Eﬂnglgln%& tPd l_the A&sc%%a%%%ke?nﬂrﬁ%fc%@ne&gﬁ O&hahRits 4.80 IS

confi gur to prodace a unit-varian ite pseudorandom noi se signal,
al t hough state oiajrbe dupliohtedretthatécods. Fheexaoipke nsisggaeratedd0 may bbe whi t e and

may have a.po densi,ty that varies with.frequency..|lt may he desirable
for noi Secoa‘g%.g\é\i{ooqu?pui%%pge Slgn%lc?ﬁ1aﬁ&ﬁﬁ?’é‘&ls{“&g%’g#%rh?fxflﬁ?gn%qnscgg%q gnal as a
det er mi nigatlieg witinthé QieSihe, bilitas ifeShard vkl fily phameétepy $40ahedr at. t he
decoder. For_exanpl e, noise generator 480 may be configured to output

the noi senepdsdaprouband gxeitafing 3igdliSe0f uncti on” of information coded
earlier within the sane franme, such as the narrowband filter paraneters

SA0 and/ quoo0TRsiee bk maxeERith BarfiohRhllPEktéded knabS060, [ROQARAN nbisd or e

being m xed wi th harnonjcally extended signal S 160, the random noise
si gnal prégnabrgdyspd Apneise grseateiSP megbe amplityde-mpdlateddebasdutited to have

a tinme- dooak Pﬁ ; ' ; e e OF Sdckdviidhg on over
time of narr Or?,\%rgrglﬁﬁé g)?fgaar@ %Qyﬁ‘?éﬁgg’gﬁ%f"%%ﬂ &égg e(r(}ar r O\K@an%
exci t at i otignal $2(phighBahd signah$dOnpariavdiahg excitati@ndgehl S8Q waharBodsslly As shown
in FIGURE 11, hi.gh excitatio tor. .A302 .includes a iner 470
conf i gur GEEHRLHEN S e AT By IR b S AN Siei B AT D) Ool o
gener at orind88esAceMbiienNy7( dnd gl d By ARIRLdR-BEMSIOBR neRt sighatpesiubad wnvel ope

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.

[000131]In an implementation A304 of highband 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. Inan implementation A306 of
highband excitation generator A302, as shown in the block diagram of FIGURE 14,
envelope calculator 460 is arranged to calculate the envelope of narrowband excitation
signal S80. Further implementations of highband excitation generator A302 may be
otherwise configured to add noise to harmonically extended signal S160 according to

locations of the narrowband pitch pulses ir: time.



cal cul at or 460. For exanple, conmbiner 470 may be inplenented as a
multiplier arranged to scale the output of noise generator 480 according
to the tinme-domain envel ope cal cul ated by envel ope cal cul ator 460 to
produce gR#MbAIBELcNOI se signal S 170. [000131] In an pkp Wl jon A304
of hi ghband excitation generator A302, as shown in tiﬁe E ock g‘f"agr am of
FI GURE 13, envel ope cal cul ator 460 i3l arranged to cal cul ate the envel ope

ni ghband stk SRSt e 3 Sant Brilla PHORRET B 6loRe 6Egrsh o
FI GURE 145 a tRRURL RiPRIdESd SiicabfubASR. FIGEREANGREWS oflowtitmi ke t he envel ope

of narrowband excitation si S80. Further inplenentations of highband
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[ 000132] eEeitatibn pignd 80 vk haroronitally ertgndbdsigal Sil 6Urte droducepasefiaenee afhh envel ope

cal cul ati on s.a tas includes a series of subtasks. A FIGURE 15
chows. o FHGTEA T fbso ST Eog i tETA featon B R Renefom 16

cal cul at egudrbievaeadaleontf example, subtusk B120 applies a fifseomleOfiR Idepasd filglto whose
envel ope is to be nodel ed F‘ or exanpl e, narrowband excitation signal S80
or har noresgaArSCe REOFHRGIIOHNGFFRIESY9B0) to produce a sequence of squared
val ues. Subtask T120 perfornms a snoot hing operation on the sequence of
squared val ues. In one eW&(nﬁu@Lﬁzﬂer?P appliyes a first-order IR

| owpass filter to the sequence according to the expression
y(n)=ax(n)+(1-a)y(n-1), (1) where x is the filter input, y is the filter
out put, rwhese aisttheriltet dnpait.ry i thddilter ewtphtan isg tane-dorpan kndayy e efifd ci ent
having a b e DELWRER: DoBaAlthid nelSn VA 48 OFkl WAL Gy gOC! | ci ent
a may be I'xed or i an arternative I'nmpl enment’ati on, nay be ad&pti ve
accor di ngotfficent ¢ ndy bafikedoroin anaitsmative ihlplementation, shayisl adagiveh that a is
closer to 1 in the . gbsence of nojse and CllOSﬁ_L to 0.51in hhe presence of
noi se. SUStHLRE 1A &HINg{GAHG ngise iythe put Sghal- SUAR DA GHS C9SEAR A X Hitpl e of the
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t he vari dqsars (et Aesonio el sampleyfithe sseqothed segienes topaedice tie timgshi on. I n
further

Q

domain envelope.

[000133] 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.

[000134] Combiner 490 is configured to mix harmonically extended signal S160 and
modulated noise signal S170 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 S160 and
modulated noise signal S170. Such an implementation of combiner 490 may be
configured to calculate highband excitation signal S120 as a weighted sum by applying
a weighting factor to harmonically extended signal S160 and/or to modulated noise
signal S170 before the summation. Each such weighting factor may be calculated
according to one or more criteria and may be a fixed value or, alternatively, an adaptive

value that is calculated on a frame-by-frame or subframe-by-subframe basis.



i npl enentations 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 nodeled, such as the range of 3-4 kHz. [000134]
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noi se content in highband excitation signal . For exanple, it may
be desi r apicegysinilaydobiahefhigigpnd slgnqéSé@u@éomegmkmn@ﬁ@mqﬁmemugg gnal S120

Lo have aritLaclin SRR RIALAR 1810t GRS SLALLAT bR ghat of

hi ghband signa npl enent’ati ons 0 Act o
cal cul at omofefaranvetdrgteldting t apériydicity bBAarrdsiAad &gﬂal&b@ubﬁmed accor ding to

one or meters. relatin i, odi Ci t r owband si gnal
S20 or of nﬂ?@%@é sidu siea &gﬁllt&bgat}'ﬁ%dlorﬂﬁ?ﬁ g{g’%ﬁl g‘ﬁi} %ai n and/ or
speech nMogglenpidliondf 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 S190 for unvoiced speech

signals than for voiced speech s1gnals

[000137]In other implementations, weighting factor calculator 550 is configured to
calculate values for harmonic weighting factor S180 and/or noise weighting factor S190
according to a measure of periodicity of highband signal S30. In one such example,
weighting factor calculator 550 calculates harmonic weighting factor S180 as the
maximum value of the autocorrelation coefficient of highband signal S30 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
17 shows an example of such a search range of length n samples that is centered about a

delay of one pitch lag and has a width not greater than one pitch lag.

[000138}FIGURE 17 also shows an example of another approach in which weighting
factor calculator 550 calculates a measure of periodicity of highband signal S30 in



~inmplenentation of weighting factor calculator 550 may be configured to
assign a value to harnonic weighting factor S180 that is proportional to
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S 180. of periodicity of highband signal S30 only in cases where 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 S30 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 bperation on highband signal S30 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.

[000141]Embodiments include further implementations of weighting factor calculator
550 that are configured to calculate weighting factors according to characteristics other
than or in addition to periodicity. For example, such an implementation may be

configured to assign a higher value to noise gain factor S190 for speech signals having a
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desirabl e for highband excitation generator A302 to generate
for the other weighting factor according to an expression such as

(Whnnnanic ) ’ + (Wnaise ) ’ =1 4 (2)

where W

harmonic

denotes harmonic weighting factor S180 and W, denotes noise

noise
weighting faétor 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,
S190, 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 observed, typical values for harmonic weighting factor S180 range
from about 0.7 to about 1.0, and typical values for noise weighting factor S190 range
from about 0.1 to about 0.7. Other implementations of weighting factor calculator 550

may be configured to operate according to a version of expression (2) that is modified



hi ghband excitation signal S 120 such that the energy of the excitation
signal is substantially unaffected by the particul ar val ues of weighting
factors 5180 and 5190. In such case, weighting factor cal cul ator 550 nmay
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di agram Ciﬁclﬁdbs |amahte-§m§eaéss @rlteﬁait)?an@ﬁgdau tg filtantle specirilpt dxtendgdsigiaat or A302
that ' includes an anti-sparseness filter 600 arranged to filter the
dequant i Axedused Py sisstygm 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 S120. 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 A316 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. It is 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.

[000146] 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 arranged such that the phase of highband excitation signal S120 is randomized, or
otherwise more evenly distributed, over time. It may also be desirable for the response

of anti-sparseness filter 600 to be spectrally flat, such that the magnitude spectrum of



excitation signal produced by inverse quantizer 450. FIGURE 19 shows a
bl ock diagramof an inplenentation A314 of highband excitation generator
A302 that includes an anti-sparseness filter 600 arranged to filter the
spectr al d signal produced by spectrum exteﬁqﬁ{% 2@@% ha3t| GURE 20
shows a g?bo@ﬁf’t@?%gr amof an inplenentation A316 of hig San gxcé:t ation
generator A302 that includes an anti 365parseness filter 600 arranged to
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with inplenmentations of spect o &t edde:67A400 t hat perform spectral
folding, spectral translation, or harnonic extension.
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that is close to zero or positive, indicating a spectral envelope that is flat or tilted

upward with increasing frequency. 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.

[000148] 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 used for frames having lower pitch gain values. An implementation of anti-
sparseness filter 600 may also include different component filters that are configured to
modify the phase over more or less of the frequency spectrum, such that a filter
configured to modify the phase over a wider frequency range of the input signal is used

for frames having lower pitch gain values.



excitation has long-term structure, and i ndeed phase nodification may
cause noisiness in voiced signals. Thus it may be desirable to configure
anti-sparseness filter 600 to filter unvoiced signals and to pass at
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envel ope esent ed b nd codi n ar anet ghband
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si gnal as a erenc or
h1ghband s1gnal S5130) will generally be more efficient than encoding a gain envelope

based only on highband signal S30. 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.

[000151]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 S130. 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
respective subframe. Task T230 calculates a gain factor for the subframe as the square

root of the ratio of those energies. In this example, task T230 calculates the gain factor



energies of the two signals over a franme or sone portion thereof. In
ot her inplenentations of highband encoder A202, highband gain cal cul ator
A230 may be |ikew se configured but arranged instead to cal culate the

gai n enve{®afeaFeRr ding to such a:tine-varying rel at| hi ghband
signal S30 and narrowband excitation signal S80 or h%gﬂgg@%g%ﬂtati on

signal 5120. [000150] The tenporal endel opes of narrowband excitation

si gnal S80_and hi ghb i | S30 are Jikely t imlar. Therefore,
eneoai ng B AHLOET dperTRaY e snerg Bhfghpand sibut P In Mse@Eat ni ghband
si gnal S3htkiEeMRighPaaneaEXIG0lcatl thoswifigmel S80 (or a signal derived
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signal s. For exargl e, tasks 220a and 220b rmay be configured to cal cul ate

t he ener §Quagaroqt &fi the mtiohthesqergiceés of the sanples of the respective
subframe. Task T230 cal culates a gain factor for the subframe as the

square  1es159fr: hiehd @sirdbi®fo 4 SR8k Bk 8Snctibf tHapbveria gnt task T230
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squar e r cobfrasest Ker example, 8 Windowviegwnefiondhat proghecsredindaeiam whidomapy t he
ener gy of I i I I ver.: it 000152]
iy e R IS R EaBiafd AR e R il GHASbig oM Bl oo,

conf i gur edbfrdantesc &l one extplehii gshinfl gainfactoreniiatr 2280 istionfjgired & applydowi ng
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w ndowi ng function to synthesized highband signal S 130. |nplenentations
222a and ap2pplicstion efdhis vandnying mpliaifo cadhcfithetfeversubframes ofiadd- of  t he

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.

[000154] 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. If such a frame is divided into five subframes of equal length, each
subframe will have 28 samples, and the window as shown in FIGURE 23a will be 42
samples wide. For a highband signal sampled at 8 kHz, each frame has 160 samples. If
such frame is divided into five subframes of equal length, each subframe will have 32
samples, and the window as shown in FIGURE 23a will be 48 samples wide. In other

implementations, subframes of any width may be used, and it is even possible for an



respective wi ndows, and task T230 cal cul ates a gain factor for the
subframe as the square root of the ratio of the energies. [000153] It
may be desirable to apply a wi ndowi ng function that overlaps adjacent
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[000156] Inverse quantizer 560 is configured to dequantize highband filter parameters
S60a (in this example, to a set of LSFs), and LSF-to-LP filter coefficient transform 570
is configured to transform the L.SFs 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 coefficient representations (e.g., ISPs)
may be used. Highband synthesis filter B200 is configured to produce a synthesized
highband signal according to highband excitation signal S120 and the set of filter
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 (e.g., the same

transfer function) as that synthesis filter.

[000157]Highband decoder B202 also includes an inverse quantizer 580 configured to
dequantize highband gain factors S60b, and a gain control element 590 (e.g., a



excitation generator B300 may be inplenmented according to any of the
i npl ementati ons of highband excitation generator A300 as descri bed
herein. Typically it is desirable to inplenment highband excitation
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different coefficient 'sets (eag.s,12 cepstral coefficients) and/or

coef fi ci %0 of teiighhand axditghen fign 0-SPs) may be used. Highband synthesis
filter B200 is configured to produce a synthesized highband signal
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coefficients. For a systemin which the highband encoder includes a
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narrowband excitation signal S50 or a portion thereof).

[000159] 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.

[000160] 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

speech signals, Calculation of a quantized representation of the narrowband residual



subfranmes, possibly according to a w ndowi ng function that may be the
sane or a different windowing function as applied by a gain cal cul ator
(e.g., highband gain cal cul ator A230) of the correspondi ng hi ghband
encoder. Wwo 20é¢h@%s36 Mpl enent ati ons of  hi ghband decoder, &ﬁ% i, control
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exanpl e, [5MAB2RAHiANplcARNalBYs aGcORhdnd W&t R1 504 CnBRRaqb @ set of
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spi kes over time. Such structure, which is typically related to pitch,
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exanpl e, one or nore codebooks. [000161] The pitch structure of an actual

residual [ﬁb(ﬁ%@j AﬂrﬁéEﬂﬁtencr:Tc%teP {s] t);prfc?allg %&Ilf?g%e%lts ¥erf0rm 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.

[000164] The encoder calculates an encoded excitation signal that is regularized and
quantized, and the decoder dequantizes the encoded excitation signal to obtain an

excitation signal that is used to synthesize the decoded speech signal. The decoded



nodel exaétly. For exanpl e, the residual 'si gnal may include small jitters
inthe regularity of the locations of the pitch pul ses, such that the

di st ances between successive pitch pulses in a frame are not exactly
equal and the structure is not quite regular. These irregularities tend
to reducewonay7ssbfi ci ency. [ 000162] Sone i npl enent at i rosuboshat60Wband
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excitation signal (such as a system including wideband speech encoder A100 and

wideband speech decoder B100). Due to its derivation from a time-warped signal, the
highband excitation signal will generally have a 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.

[000167] 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 configured 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.

[000168] The misalignment in time may also cause inefficiencies in gain envelope

encoding. As mentioned above, a correlation is likely to exist between the temporal



regul ari zation anounts is transmtted to the decoder. [000165]
Regul ari zation tends to nake the residual signal easier to encode, which
i nproves the coding gain fromthe |long-term predictor and thus boosts
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exanpl e, igovap gecffidieglylof oetiexchighbandgainiegnddbperay no | onger provide a
suitabl e source excitation for a synthesis filter that is configured
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speech si &‘i@iﬁﬁﬁ(&fﬁhﬁgé ﬁf‘)‘f‘f’s nﬁga%‘%%rﬂ’gé)??‘éﬂnﬂ?aﬁg%tho&l Ay gi%ﬁ“ﬁgilangcont ai n
audi bl e agpdetineicoddrarioor detsier ADQO pRIuced Meichplirdnitdtion €124 bengrsaded

wi deband speech signal. [000168] The misalignnent in time nmay al so cause
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hi ghband siayhalcoigimredm¢cadingdd oreg or more of the RCELP implementations discussed

above.

[000171]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
indicates three time shift amounts for each regularized frame of the encoded

narrowband signal.



t he gain envel ope of the highband signal according to a relation between
these two tenporal envel opes, an increase in coding efficiency may be
realized as conpared to encoding the gain envelope directly. \Wen the
encoded Qﬁfﬁ@wﬁﬁﬁg excitation signal is regularized,, Y&lor2258 S
correlation nmay be weakened. The mi salignnment in tlne et meen nar r owband
excitation signal S80 and hi ghband §?bnal 830 may cause fluctuations to

appear i y drop.
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frame or subframe, regularization data signal SD10 nay include a series
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[000174]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 bﬁffer 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 m 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.

[000175] Delay line D122 is configured to output the time-warped highband signal S30a
from an offset location OL of shift register SR1. The position of offset location OL
varies about a reference position (zero time shift) according to the current time shift as

indicated by, for example, regularization data signal SD10. Delay line D122 may be



44 [ 000172] W deband speech encoder AD10 includes a delay |line D120
configured to advance or retard portions of highband speech signal 530,
according to delay amounts indicated by an input signal, to produce
time-warp i d speech signal S30a. In the exa .0, Fl GURE
25, del ay%%gg%?’gig is configured to tinme warp hi gh%@@%ﬁ%ﬁh& gnal
S30 according to the warping indicate® by regul arization data signal
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[000178]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 FIFO buffer
arranged to output time-warped highband signal S30.

[000179]In the particular example shown in FIGURE 27, shift register SR2 includes a
frame buffer portion FB1 and a delay buifer portion DB, and shift register SR3 includes
a frame buffer portion FB2, an advance buffer portion AB, and a retard buffer portion
RB. The lengths of advance buffer AB and retard buffer RB may be equal, or one may

be larger than the other, such that a greater shift in one direction is supported than in the



i ndi cated by, for exanple, regularization data signal SD10. Delay |ine
D122 may be WD 2006/ 107836 PCT/ US2006/ 012230 45 configured to support
equal advance and retard |limts or, alternatively, one limt larger than
t he ot hekysupthddat a greater shift nay be perforned j | tion
than in the other. FIGURE 26a shows a particul ar exa%r‘%T@%%ﬁlEzéﬁpports a
| arger positive than negative tine nift. Del ay line D122 may be
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i mpl ementoaiwgitteDi3Etant buffsk RP driadeanpa beffariddl. Incdutberexample, it ft regi sters
SR2 and SR3.c [ ed t ecel . ' n .Sskgnal  530.
ol ay |1 AP UESR B e g S ARl 8 Rl MU PO T haRE
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[000181]It 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 AD12 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.

[000182] The time shift applied by the narrowband encoder may be expected to evolve
smoothly over time. Therefore, it is typically sufficient to compute the average
narrowband time shift applied to the subframes during a frame of speech, and to shift a
corresponding frame of highband speech signal S30 according to this average. In one
such example, delay value mapper D110 is configured to calculate an average of the

subframe delay values for each frame, and delay line D120 is configured to apply the



R B. The | engths of advance buffer AB and retard buffer RB nmay be equal,
or one may be larger than the other, such that a greater shift in one
direction is supported than in the WO 2006/ 107836 PCT/ US2006/ 012230 46
other. Delay buffer DB and retard buffer portion RB may be configured to
have t he weams/1bmagt h. Al ternati veI y, del ay buffer DBpga)shResiiedt er than
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ot her pr I S e

ot or age. {ASRe frPBElSh CaRpaNik Emdl Mppp kil 30 ° A PR

franme bukhever#Bbvesa shortfsn Lgmpé tsucio ahia\wesuhfralh@nglthﬁlfefzi @éramea of hlﬂng@f 0 ne

f f h d f i
cont 1 gor LRV M Plined it Plehe SRR, Bt A bsf Mo M MRkt ©
si gnal 53%0a ndnAinfegetvatroe sardpibsaylelby nﬁuahaﬁpdﬁmmmagubaﬁo@gu&ﬂ tb @oundc| ude

|l ogic to apply the sane an av rage del a I frames of a
frame to thsealisite P%Hlteg%?‘g?bqrpﬁ%amﬂ%ﬁﬁ FauiyEps ltﬁ%éﬁﬂ@“?eoé ‘to average

values fromfrane buffer FB1 with values to be overwitten in retard

buf f er Rigoow18Fd4ARGBartdinkder AB24 hidy Be LorflAed 16 Xide & re Slldr{zbtion @@ St er SR3
may be configured to receive values of highband signal S30 only via frame
buf f er Fshift ¢ gdon-integes Ruwherof ganplgs injthreenoadnd nagrpwh# exgiéation §igaak o

i nt er pol r S witten
to shi ft%gﬁcﬁgdtcg%sgﬁ%%y%r?g %% W%reﬂar ;&éfn%I ems*nl%{g)tpitmf:)%gi,iﬁ tgg{egéh@%#\%f%mo may be
conf i gur ecuntdshgearfosbandtima slpftrig awingagat nunmbeonf sagwpigslaed fdrdelay finane buf f er

Funct i on 1204 skt Pl P e B SeiRan SRy “0001611 11 “mmy be

desirable for delay line D120 to apply a tine warping that is based on,
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comput e tcgref\ﬁgu\fg({ 3%Cale the time shift amounts according to a ratio of the sampling rates. In

one particular example as mentioned above, narrowband speech signal S20 is sampled
at 8 kHz, and highband speech signal S30 is sampled at 7 kHz. 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 perform such a scaling operation
together with an integer-rounding and/or a time shift averaging operation as described

herein.

[000185]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
configured to perform the regularization according to a function such as a pitch contour
or trajectory. In such case, regularization data signal SD10 may include a
corresponding description of the function, such as a set of parameters, and delay line
D120 may include Jogic configured to warp frames or subframes of highband speech
signal S30 according to the function. In other implementations, delay value mapper

D110 is configured to average, scale, and/or round the function before it is applied to



narrowband tine shift applied to the subframes during a franme of speech,
and to shift a corresponding frame of highband speech signal S30
according to this average. In one such exanple, delay value mapper D110

i s confi owbegysigrssgl cul ate an average of the subfra lLyes for
each franme, and delay line D120 is configured to applrr%cﬂﬁ}eﬁ%@za 6/ 107836

PCT/ US2006/ 012230 47 cal cul at ed ave?f%ge to a corresponding frame of

hi ghband _si.gn S30. . 1n er ., ex an average over a shorter period
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is a non-integer value of sanples, delay value mapper D110 may be

conf i gur denciign.regeinerlay Y?é‘_leviaﬂiﬁ%ﬁn@@ nabenefsgeples mHet aISFhe&i‘ﬁbllieé%’ybef ore
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configured to include a regularization tine “shift of a non-integer
nunber ofhighbapd spsedhrsigniabSHEhcoded narrowband excitation signal. In such a
case, it may be desirable for delay val ue mapper D110 to be configured to

round th i i i W{ |l es and for
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and hi gh%{wbﬁﬁ%@ﬂ §+‘9pa§%]ael§frﬁﬁrgﬁ&rfn€e@mh%s afl BhA¥mYRhitH FRRREank 10 may

be <configured to scalet shitt amounts according to a ratio of

t he sanplAh. TaskeED20thencodes tiramariowbhrd speschrsignel into atinasti agmeeldedbove,

nar r owband %‘%e%h xsi nals. S20 id% ?aerlml %{dna ao'thSan(fEﬁer %pd ertlé aend speech
signal S30°7TS %%r?pf:l 1Ogtlg‘?‘alkalylz. PRAH s Eade M udr ey Valued™ pper D110 is
conf i gur eghcéded Aatrdwigdny eRéicdtion Bighdl androtfilter pyramkRrs hapbeqmntiaid] sds of

del ay val ue mapper D110 may al so be canfjigured to perform such a scaling
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aver agi NGpAREHAfde YRradRted EBEKITIRH0 a6 iRiIRes EQ%%ih?iﬁ e ERRBed
i mpl enment ations, delay line D120 is configured to otherw se nodify the

ti me scalnargibandaxgingiiopsignelher sequence of sanples (e.g., by conpressing
one portion and expandi ng another portion). For exanple, narrowband

encoder '%636‘18'7?%5? §D300 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
TD400 encodes the highband speech signal into at least a plurality of highband filter
parameters. For example; task TD400 may be configured to encode the highband
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.

[000188] Task TD400 may be configured to perform a spectral analysis (such as an LPC
analysis) on the highband speech signal, and/or to calculate a gain envelope of the
highband speech signal. In such cases, task TD500 may be configured to apply the time
shift to the highband speech signal prior to the analysis and/or the gain envelope

calculation.



configured to performthe regularization according to a function such as
a pitch contour or trajectory. In such case, regularization data signal
SD10 may include a correspondi ng description of the function, such as a

set of payepmies@ss and delay |ine D120 may include | pgigsffdfigyred to
warp frames or subframes of highband speech signal S30 according to the
function. In other inplenentations, telay value mapper D110 is
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an inplenentation of filter bank A110. Task TD200 encodes the narrowband
speech si[@0490]Fnttieranidétead speacteercodie dnplamentatidig mihyebeconBguredtosi gnal and a

plurality of. narrowband fjlter raneters.. The .en d nar r.owhand

el 1 at | SncRdp R g Pesech et t PR R CelRd st HERG San 1 oe et ™ e
encoded i Shshabties pehahatdiighbald spBachalgnel $30Gh etedel ferreposeatmiber s such
as a speech node paranmeter. Task TD200 al sq includes a time warping in

t he encod&ahighbandspprarabenyielope 44 phiskbagd srcitafippegerh) FUDATTD300 generates a

hi ghband kel Ay S0aknrARA Mo iRt PHARBGS iR EHM ABasonal . 1n
this case, the narrowoband excitation signal Ts based on the encoded

nar r owbarsignelx et tp gtheowmise inghdle a timecmrping in anenaeded daghbandwexchitifimsigral,
excitatiqn. skgnal. e e N} ghb ' l, into at
oast a AR arEeyh AR b RE T e Fonlindp AR U SRERE A0 "Ta00
may be ceréitagon eigndl o Fenexadpld, the highblisendodes prg ddrliiegn ampletientatorpdfur al i ty

of quantized LS Task TP500. applie ti shift to . the highband -
speech s idélﬁéi fing ﬁi@o ?@W&?@g vaire %E‘PB rﬁ}ﬁp@ﬁ Hgsé’f‘gecdi hegeip thabare copft ing
i ncl uded o 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
p

match between the synthesized narrowband and highband speech signals.

[000191] 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
lowband coding, and a system, method, or apparatus according to such an embodiment
may support coding of frequency components from, for example, about 50 or 100 Hz up
to about 7 or 8 kHz.

(0001921 As mentioned above, adding highband support to a speech coder may improve
intelligibility, especially regarding differentiation of fricatives. Although such



in the encoded narrowband excitation signal. [000188] Task TD400 nay be
configured to performa spectral analysis (such as an LPC anal ysis) on
t he hi ghband speech signal, and/or to calculate a gain envel ope of the
hi ghband ignal. In such cases, task TD500 may fi ed to
apply th&ﬁ(ﬁ%ﬁéﬂiﬁ ft to the highband speech signal p?@gvéiﬁomtl%gg anal ysi s
and/ or the gain envel ope calculati 0RO WD 2006/ 107836 PCT/ 1i S2006/ 012230

49 [000189]. O her. i npl enent ations qof w deband speech encoder A100 are
cont § qur dalreM gt By BOGy CidSnBac Y A BT I GRS e SRR b gl - $120
caused thig]Uathﬁlp‘P&'t RiaRGerve A€ higlpdlingehithe igspRdiettcbafitiibangheexci t at i on
signal. For exanple, highband excitation generator A300 may be

i mpl ementBeFhing intaPrGHONARPHGAY BT EIAD RS SRR lopatteR)ated voige MEPD that s

confi gur ed 195 LG8 SuloRHE 8kl 4@tdsQRe data signal SDI O or mapped del ay
val ues SDl(‘)]Igauan%l too 1aluc())pl y a clg‘?r gsp%ndi ng reverse tine shift to
narrowband excitation signal 580, and/or to a subsequent signal based on
it such 29008 hdmpppardtys asgerdingdelan emnbpdinens mag (e mbrddpdiatad peselle at i on
signal S . - W I tati ons may
be confi g%er%g:a ﬂ%rg’%%‘%g% e E\lgrﬁ %%%gﬁég@ag gge@ﬁﬁg?laﬁrg%gggerg% ﬁgg band speech
si gnal S3&sistantgpPPAde Altesnati valprucng appattoe may de aleludedin driogieband speech

signal S30 is encoded as a repr ntation of hi ghband. spect ral
envel ope SHRMYIRTGRAEIFSSKE £7 YUR MeTditiaf Poreereh cCPlsrsPERaREtl on may be
confi gur eghpbért PEIH QhithidicRion& bPh R&twefk dehRe BbrdHedddo e Blphonisbgnal ,  or

to otherwi se include a tinme warping in an encoded hi ghband excitation
signal , YePsoamHgicatonsnior peammih 2p apRafatispcerdmete AR PmeR maydeuded i n

the encod lé}ﬁénfeggg a 'aﬁiip_ o‘r?r%{‘h E&tfé)r%rboﬁ{ngﬂ ati%ﬂ:sl evﬁ?.aﬂ%&ldin%%oﬁﬁgng hband

encoder may I nc an-i mentation o elay line D 120 and/ or del ay
val ue nappeticubr aplicagord esar 4 dryitehmayeiso indhade sachefeatmresiagemadop-tordigitghpl y a

time warpj t.o.the highband r.esidual signal.. Potential. advantages of

Such o B R R R RN ST bR e R R p B b

resi dual shplifRbti@indhdfor beict signal FRdceRRing@pe@tonstdne pysthizgmuy ett/sraadiowband

and hi ghbiand speech, siggal S. _[gOOOl&é%As rr_ent%tgned %bove enbodi nents as
T eﬁ%f,

descri bedTHEERYFICHEY fortransmission@nt/ ot TeespLoR A seessh @iy per form
enbedded codi ng, supporting conpatibility with narrowband systens and

avoi di ng mwooBRli {sxpli¢iap semethpidted 2HPB bsed kR ebaiiRens nzgGhidigiemay al so
serve to differentiate on a cost basis between chi ps,
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 adaptive attenuation of a

gain envelope.

[000195] The foregoing presentation of the described embodiments is provided to
enable any person skilled in the art to make or use the present invention. Various
modifications to these embodiments are possible, and the generic principles presented
herein may be applied to other embodiments as well. For example, an embodiment may
be implemented in part or in whole as a hard-wired circuit, as a circuit configuration
fabricated into an application-specific integrated circuit, or as a firmware program

loaded into non-volatile storage or a software program loaded from or into a data



chi psets, devices, and/or networks having w deband support w th backward
conpatibility, and those havi ng narrowband support only. Support for
hi ghband coding as described herein may al so be used in conjunction with
a technique for supporting |owband coding, and a system nethod, or

appar at usy@emehésid to such an enbodi nent may suppor bcsR92008019%530
frequency conponents from for exarrplﬁ, about 50 or 100 Hz up to about 7

or 8 kHz. [000192] As nenti oned above,” addi ng hi ghband support to a speech

coder MmMaYsihIPS MY Gum! a8 b@lchindirdiahbit ¥odeCSRE EoE Be)éﬁf IRGAICHbLALxE i %ﬂti ation
of fricatives. Al though such WO 2006/ 10/836 PCI/ U520061012230 50

di f f er ent émeariayf fagjc demerits suchas g an¢ropdedssorar hibandisital sismalprodessing t he

par t i cul a6 O eith oo INOAA rRYRROR LrkPYe SEE NG Ao ERAD! [ O Feature in

speech recognition an erpretatiron applications, such
as syst enenficondactbronahey (whichenayentludensithogalimbaticantyhamicautsarnaRiaM cal |

processing. ] 000193] An ratus according to, 6 a iment may be
embedded &?ﬁ%ﬁﬁa%ﬁslt“m@?m@@a%ﬁymew s@%%?ghnﬁgg}pr Bhs such as a
cel lular fegleRAARSn&heRRSRAN v 8 foBimerid Sstiphh@that BRMmorN &8 disd 1 vel y,

such an apparatus may be included in another comunications device such
as a VoW madiggeuch g gyapgnshapr epiepldis: The irmggeivare oshogidhroiderstopgd

conmuni cat - ' C [ lephQRl c or

Vol P com*r%olnl?@g%ei Sg%?gc%’%ée%é%b ﬁée(ﬂg% g%e %g%&‘?%%‘ ﬁlg cg%dgﬁg%}ﬁﬁhg ‘0 an eribodi nent
may be | mptrecmiet mitracodg aohbpe armahisgs et sefjgances af dustnuotians ek emugabléabyi ce.
Dependi ng u%(lgn t?e. artitcul ?r a%)(gllji.c ti oPé Euch device may al so

i ncl ude sBEFPLLIQEGLeREntS, and g0y pQgnbinaiiop Of Such &IBRIeY; i t al - t o- anal og
conversion of a speech signal, circuitry for performng anplification
and/ or ot [080196] Thavarjouselemsnts gf Mpderadntaaioss ofhighbaped exditagorggemkrataand/ or

radi o- fr ncy.circuitry for, transm ssi on and/ eception of the coded
speech si gﬁ&??ndylf%{golilﬁh?anfiten?%debéﬁh’ E@ﬁ%ﬁd@(‘iﬁ?‘gﬁgéﬁé‘ﬂ %ﬂra‘?&ﬁegﬂ osed t hat
enbodi n’enE&oH&YA!O@%ﬂd@ﬁdel?dﬁd%ﬁEecl@&edé_&&dSI‘M)tn’ih FRYmPReMed APEIBctRInid he ot her
features disclosed in the U S Provisional Pat. pls. Nos. 60/667,901

and 60/ 678nderEeal daviess rendiae.dprrxamale, onthe samae pRIP BRABONE WOSHENTE eat ur es
I ncl ude r@lﬂgé’i%lacf‘ﬂg)sa',g 'oﬁ?l?BtﬂXr%ﬁhE enf w R fuc Wiitati areal@t OCCUr TN
ana a sta

t he hi ghb n re su ntrally absent tromthe narrowband. Such
f eat ures rcomé¢mpaed.i Ruelommorcigpiantse! swbahppayatos mep bé implemented in
r epr esent h LSFs.. Such features include fixed or

adapti ve @hé%gﬁ Hlsqu?%haﬁ %fs"lg ar %@g%g sgﬂf oy ctions arranged to execute on one or more

fixed or programmable arrays of logic elements (e.g., transistors, gates) such as
microprocessors, embedded processors, IP cores, 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). Moreover, it is possible for one or more such elements to be used to
perform tasks or execute other sets of instructions that are not directly related to an
operation of the apparatus, such as a task relating to another operation of a device or

system in which the apparatus is embedded.

[000197]1FIGURE 30 shows a flowchart of a method M 100, according to an
embodiment, of encoding a highband portion of a speech signal having a narrowband

portion and the highband portion. Task X100 calculates a set of filter parameters that



wi th quantization of coefficient representations such as LSFs. Such
features also include fixed or adaptive snoothing of a gain envel ope,
and adaptive attenuation of a gain envelope. [000195] The foregoing
present atwonosefiofshe descri bed enbodi ments is provi ded pl@/yseieii2$302nY
person skilled in the art to nake or _use the present invention. Various
nodi fi cations to these enbodi nents a?g possi bl e, and the generic

pri nci pl t P i nts as well.
For "oxamel AR TR e e O e B o, L Rl B L ol & a5
har d- wi r epectiallg eikttnded sigaaldiyrapplyingeamhlingar &itnicdon tofagsigriab derivdd frotnthen

application-specific i dcircuit, or .a firmmvare program | oaded
into non- %P‘ﬁl?‘i‘qdé’oﬁ% %@9 gs&gg%?afe\ﬁér%ﬂ B‘?Sb?ﬁﬁi}ﬁ%%fg{fé%{m; ?C(gﬁ{do Pnto a
data VWO 2006 k6/d3ftePpakhbiieR 264 03223 5hbahd efditafi @pggni Hasdtoa she

machi ne-readahl e code, such code bein |nstruct|ons executable by an

array of sPesgially extenisasignaly diasleZ 400 sAlQIrooREsEBFLoBs besef R agklgianal si gnal
processi : Bf 2R oAl ldaNvedl frcth Heage

el enent sr}gt&éﬁﬂg) en:sgggﬁ"l dg%ﬁ%ﬁ@g@&%gﬁd}%%&g&y i ncl udevvm ly.houte

| i mtati orarrdyhand portgon. st ati ¢ RAM  (random access nenory), ROM (read-only
menory), and/or flash RAM, or ferroelectric, nmagnetoresistive, ovonic,

pol ymeri I gnetic
pol Yo | poffosfHisRaf SR LB APl Kt sl 2O E Sl AR et
source cagteitativa sipibl @cdrmgwg&mlmﬂﬁnenm&‘hnkmém@wdbulams raalmmnxdxﬁy firmware,

macr ocode, m crqQc e sets or nces .of tructions
execut abl teHge Séﬁ“aﬁrjr&/ Bﬂ%%@f‘%ﬁ ’Pf‘tt'é’nt%ﬁa ﬁ’fﬁlﬁﬁ?ﬁ%ﬁn f such
exanpl es. dehi0&0A8 @] g oWB4rd dﬁ'cﬂ@% eSh gfgnmrrmhmmx@meof hi ghband
excitation generators_ A300 and B30 ghband encoder A100, hi ghband

decoder BROBONGHLYSH éedssfs@@l:mthéﬁwa@edﬂme siggpldo apnFeraA B S8 pEEch
decoder Bl &? ;RN sgﬁ fm&;@ﬁf@f@mh%s @hﬁ%r{a%fﬁ me?dbq/mu%’fgeﬁ@fhu&ey! ces

residing, for ex e, on the sane chip or anong two or more T<hips in a
chi pset, tagltuaod@mtaumg@i acazngisrgmasomrtehwﬂmmtmc}wmgttws ¥A0@eamd al so

cont el o ag. (2003 BTy SR b5u0h B4 Hir FRBED ELEReT G BT one

arranged dre a@oag tHehaBOwbiRl extitdidh Qigndliaxe thetiaroigillyrerrhtiel stgmaBys of | ogic
el enent s iae. %{ transi stors, gates) such as .  m croprocessors, enbedded
pr ocessor 5ask Y80Q grodulategp gpise pizag! gerording @éggg@\egompm@ggelope to produce

(field- pr@gﬁ@m{ghgoggglgngrrays) ASSPs (application-specific standard
products), and

[000199]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
spectrally extended signal. Task Z400 modulates a gain eﬁvelope of the synthesized
highband signal based on the set of gain factors. For example, task Z400 may be
configured to modulate the gain envelope of the synthesized highband signal by
applying the set of gain factors to an excitation signal derived from the narrowband
portion, to the spectrally extended signal, to the highband excitation signal, or to the
synthesized highband signal.



ASI Cs (application-specific integrated circuits). It is also possible for
one or nore such elenents to have structure in conmmon (e.g., a processor
used to execute portions of code corresponding to different el enents at
di f f er ent wig 20831076836 S€t Oof i nstructions executed to peﬂéﬂﬁ%&sﬁ%%%
corresponding to different elenents at different times, or an arrangenent
of electronic and/or optical devi ces? erform ng operations for different
el ement s i f.er ' 20V Bt i.bl.e fo e_or nore
uch ol ofOop0B{ES Bt LS Mo RLRRR mphbas ot PRSEERp o o8

i nst ruct ideoslingwataraedpressiy dikclosat Heyein el mttydes@iptions afpemetirabn of t he

appar atus, ,sych as a_.task relating,to another rati gn .of a deyice or
e | et ot i i iR, Bt 167t HeOREmes ABR S a
f 1 owchar tiafibla eABbined (VLOQAmpRE H81ioR thotldatstoa B REiiR S Liste PibopE)Rdi Ng a

hi ghband portion of a speech signal having a narrowband porti'on and the
hi ghband 998 1°F MeFe setses finsieeeiipng sageileensior gxeqablybyf 4 maehyingiaeladigg e s t hat WO

2006/ 107 P j | ope of the
hi ghbandS%%?’toﬁ?ﬁ.H %éaﬁs?‘%t%%%g’é‘i’%ugﬁog’?‘gél%gﬁ’%égﬁé’gPﬁ%{? ygé’giaj’e‘r’fg‘;e%&si gnal by
appl yi ng finitestats mechine) ulius, tha pteserd irsiegiial is detrinteadedfto delintited tathe r owband

portion. Task. X300,generates, a ,synthesi zed, hi,ghband signal .according to
(%) the sEbogimca e gbeve rat BREY i B o Setef ARG «Ep8PasitE g
based on th&grincHplescindalohy) feattiredéiedossd gnaly. fashasikherdfindadifignxhes a gain
envel ope based on a relatigon _between &é? eneﬂgy of the highband portion
and (D) eeshsy chimgasshigdarhicisiory agart phe rrgnal drdsffand porti on.

[ 000198] FI GURE 31a shows a flowchart of a nethod M200 of generating a

hi ghband excitation signal according to an enbodi nent. Task Y100
calculates a harnonically extended signal by applying a nonlinear
function to a narrowband excitation signal derived froma narrowband
portion of a speech signal. Task Y200 nmi xes the harnonically extended
signal with a nodul ated noi se signal to generate a hi ghband excitation
signal. FIGURE 31b shows a flowchart of a method M210 of generating a

hi ghband excitation signal according to another enbodi nent i ncl uding
tasks Y300 and Y400. Task Y300 cal cul ates a tine-donain envel ope
according to energy over time of one anong the narrowband excitation
signal and the harnonically extended signal. Task Y400 nodul ates a noi se
signal according to the tine-donmain envel ope to produce the nodul at ed
noi se si gnal




[ 000199] FI GURE 32 shows a flowchart of a nethod MBOO according to an
enbodi nent, of decodi ng a hi ghband portion of a speech signal having a
narrowband portion and the highband portion. Task Z100 receives a set of
filter paraneters that characterize5h spectral envel ope of the highband
portion and a set of gain factors that characterize a tenporal envel ope
of the highband portion. Task Z200 cal cul ates a spectrally extended

si gna| applying a nonlinear function to a signal derived fromthe
narrom‘ga%&ﬁABﬁE&&%’k Z300 generates a synthesized hi ghband si gnal
according to (A) the set of filter parameters and (B) a hi ghband

excitation signal based on the spectrally extended signal. Task Z400
nodul &t es Angaparatasvemppsngf the synthesi zed highband signal based on

the set of gain factors. For. ex l e, task Z400 may be _configured to
modul ate th r%é?%g]%ﬁwdﬁb@n@ﬁu{eagg §Wﬁé§?‘2éd‘dﬁpﬁ?%éiﬁilagi gnal by
appl ying t hg.c3R4 sﬁecﬁﬁe&dgﬁﬁnﬁgﬁrem? l@ﬁboﬁéﬁ'hﬁ]%ﬁggﬁ’c{‘sp%'eg:f‘ﬁbnﬂ?&wved fromthe

narrowband portion, to the spectrally exte si'gn to the highband
exci t at i ona §iltgnizank havingo t he synt hesi zed hi ghband si gnal. WO 2006/ 107836

PCT/ US2006/ 01223 3 [000200], Enhodi nents al so .i.ncl yde addjti onal
met hods of @ﬁf@&%ﬁ%@ﬂﬁ%gﬁﬂ%@&hﬁ SULe 4o TegeIvE @i %ﬁépﬁecgfmls@wlg
di scl i L 56UBSH r (=Yricatals) S
confi gﬁ‘?%&bfgﬂéée}}tfbgﬁ‘%egﬁgﬁaﬁ? ﬁg%lgsEac hggqéﬁomégae&%g%%lgds rra%}%gf}?so be

t angi bigyal evhidcidis ddsedfomra Bostipqtien of the drequarcy rontentiaftthe sddebagbsiprad) the as

i sted above) .as ..one or nore.sets. of jnstruction ead nd/ or
exoc b PeEY 15 uiRhineor Qb yidehandgigng) bgiepn pi0 R eedg., a
processor, (i L4028 EsingTh4th QG oGEcei tLh WY i

machi ne) . (I%yuagl?lgﬂt%\e g’rﬁzégesrllrtl@ﬁvgnti c??l iﬂg Elcc?tl&irt%l?en(g%gn{l %ﬁy glél?f@éna"}{ag% to

t he trodiiceding lsighbamdrspedeb\segnialy twhicht ik daseid ntacse bendomar o efithe irequénde st

scope C(%I’]Si itent. V\‘lét .the principles and novel features disclosed in any
f ashi 6oNtERL LS WidrRand#igmghin the attached claims as filed, which forma

part of thenidiHARakn ﬂia?&'e%&fn@goﬁf’on iMEides! tie MB%RHe%idébanﬁ‘@ig%Q]par at us
conprising: a first speech encoder configured to encode a | owband speech
si gnabetwaers¢@randsyd6@dtr, emtoder configured to encode a hi ghband speech
signal; anﬂmt gac[-xlolf%heerlo&garl]rlx(d s%%gcl:hnsqtgnal and the highband speech signal is based on a

third portion of the frequency content of the wideband signal, the third portion including a

portion of the wideband signal between 3000 and 4000 Hz that has a width of at least 400 Hz.

2. The apparatus according to claim 1, wherein the lowband speech signal includes
frequency content of the first portion and frequency content of the third portion, and wherein
the highband speech signal includes frequency content of the second portion and frequency

content of the third portion.

3. The apparatus according to claim 1, wherein the lowband speech signal and the

highband speech signal have different sampling rates.
4. The apparatus according to claim 1, wherein a sum of the sampling rates of the
lowband speech signal and the highband speech signal is not greater than the sampling rate of

the wideband signal.

5. The apparatus according to claim 1, said apparatus comprising a cellular telephone.



(A) a |l owband processing path configured to receive a w deband speech
signal having frequency content between at |east 1000 and 6000 Hz and to
produce the | owband speech signal which is based on a first portion of

t he frequency content of the w deband3signal, the first portion
including the portion of the w deband signal between 1000 and 3000 Hz,
and (B) a hi ghband processing path configured to receive the w deband
speech signal and to produce the hi ghband speech signal, which is based
on a second portion of the frequency content of the w deband signal,

h t
char a1 728 haldatactysasentnothan bOHIORR LA AR KBl IF

speeclgngidgriag loswbdnd spseth ggmimtoapbesmnsngmhd lowbdmdsaadﬁalronalgﬂahmrchh portion

of the,frequ ent of the band, si e third portion

"ol LaeTa oF Fithepd A byfelab b NECE e rORe besshl SOUCHRGORBBONLS ¢ hat
has a guhd#htl aQfigt¥and 8RSHatidR Sightdl-basedt onTﬂﬂe e @? Bband ek AR il ?ﬁcﬂhm 1
wherein the | owband speech Signal includes requency conte

first ependeitmhighlandisegnabacsordiogtethe highbamkexditatioh signdlj intn atdewt aplaratity

t he h'ﬁﬁgﬁﬁqﬂﬁﬁ ech 5| naI i ncl udes frequency content of the second

porti & EAAR cEff‘fntent of the third portion. 3. The apparatus
according to claim 1 wherein the | owband speech signal and the highband
speech signal have different sanpling rates. 4. The apparatus accordi ng
to cldimil Thﬂrvepnpenahlsalcsqungfto t:han§awb¢nemghc stcend speethencddemisznfigpedch

S|gna and e .hi peech, si r than the anpllng

rate ﬂ%%hd élﬂ S@Pélr}ﬁﬁo at%eas%@“?bg'a% %@0 g%’i“feﬂ?q{@m?tﬁrs im 1, said
appar@hugnyggg&hsmﬂQSa cellular tel ephone. 55 6. The apparatus according
toclaim1l erein the first speech encoder is configured to encode the

| owband speech si gnal into at | east an encoded | owband excitation signal
and a, pluralit

d,fi t wh th d
apeectt bncdlePPHrRbopRRRIRE L (iai Rl BT RPBRESAE Scletier RIS Gnal
based tQAshil 8 pRFSIAYE phekeRaoehpul willh h Q8rshPT e In?e?ﬂl:tfpeotoé‘alcwﬂ&efmﬁe

hi ghband signal, according to the highband excitati on signal, into at

| east péurpllltm o packpts dsscriicg Hisaamdodad lo‘efbaprmfamcemgnav therplaraiitpaf latvband
coco: g et WG RS RERRE BBRGRAT S0t I oo ed, e
paraneters and a plurality of gain factors.

9. An apparatus comprising:

a filter bank having (A) a lowband processing path configured to receive a wideband
speech signal and to produce a lowband speech signal based on a low- frequency porﬁon of the
wideband speech signal and (B) a highband processing path configured to receive the
wideband speech signal and to produce a highband speech signal based on a high—frequency
portion of the wideband speech signal, wherein a passband of the lowband processing path
overlaps a passband of the highband processing path, wherein the overlap is considered as the
distance of the point at which the frequency of the highband filter drops to -20dB from the
point at which the frequency response of the lowband filter drops to -20dB;

a first speech encoder configured to encode the lowband speech signal into at least an
encoded lowband excitation signal and a plurality of lowband filter parameters; and

a second speech encoder configured to generate a highband excitation signal based on
the encoded lowband excitation signal, and to encode the highband signal, according to the

highband excitation signal, into at least a plurality of highband filter parameters,



8. The apparatus according to claim®6, said apparatus conprising a device
configured to transmt a plurality of packets conpliant with a version
of the Internet Protocol, wherein the plurality of packets describes the
encoded | owband excitation signal, the plurality of |lowband filter
paranmeters, and the plurality of highband filter paraneters. 9. An
apparatus conprising: a filter bank having (A a | owband processing path
configured to receive a w deband speech signal and to produce a | owband
speech si gekdradierézed inthasithegassband glibe dowhpod presessifg patk ovedlapsitend speech

si gnal_ and i ghban .ocessin t onf i to receive the
W debgﬁsé&g%ieoe)é ealéligté%ﬁg pé%%?g§13g §?t§5’¥%88‘§4ﬁ93%g%%gqé§®3%h signal based on a
hi gh-frequency portion of the w deband speech signal, wherein a passband

of the | owband processing path  overlaps a passband of the hi ghband
pr oced8i ng Thasppardinerepriingto duiey 9. apheran suid secpad speesh enendler igiconfigured of

the poj i L. . hi nd fdlter drops .0 .-.20dB
from ?%getne%t(tﬁ fr[:(? b b\%\ﬁ:l %%Cltt%ﬁgr??ﬁ%ﬁ%&ﬁ%@&n&%@%ﬁgg%fﬁ?ﬁgnltOV\aﬁgﬁ%l tgfnl Yer

dr ops bhsed odAencadéd losbasdeaskifatiensigakd o saRkitgH kpttlly eReAdl sidinl, laagband
speech signal into at | east an _encoded | owband excitation signal and a

pl ur amhereipthe highbandiexditation sigagl anbased on therfpeefrally estradedaigedl. encoder
configured to generate a highband excitation signal based on the encoded
| owband excitation signal, and to encode the highband signal, according
to thel. hi gitkapgaansiatedriiag t6tamab, whérkin thé sdcead bpercipbmtodbi i Yotiguiédhband
filter paraneters, 56 characterized in that the passband of the | owband
pr ocedsensgdpaennsneslppgf thebighhandugntlof t he hi ghband processing path by
about 400 to about 1000Hz.. 10. The apparatus according to claim?9,
wherein said second speech encoder is configured to generate the

hi ghbapd exIetapbhratusaicgitdinghy cRfinilyj wigeréintinddeotdspet tn@icodéer it Gorifighkaginal
that is based on the encoded | owband excitation signal to generate a
spect fagingraise syrlesized Gighbandysignal apeordipg tq the highband xritatien sigral ead degnal

is ba I ' l.. . i ng
to o BB of AEAGRENIET ket 08 ik e sedoh SPOSKARERIE N rBERATL Y,

gai n enstele degaih efivetopei tabdabatrdiths isgthdsizel highbhrd sigpelr at us according to
claim11l, wherein the second speech encoder is configured to generate a
synt hesi zed hi ghband si gnal according to the highband excitation signa

and t p i I £ , i second
apeech enade i e B L e e e
synt hesé¢otle dhegadh bavetopzi tisad on 4 Belatibhdeapqeanid hightendaighahand the gyrhaxizea,

wherein the second encoder is configured to
highband signal. g

14. The apparatus according to claim 9, wherein the passband of the lowband processing

path overlaps the passband of the highband processing path by about 500 Hz.

15. The apparatus according to claim 9, wherein the passband of the lowband processing

path overlaps the passband of the highband processing path by about 400 to about 600 Hz.

16. The apparatus according to claim 9, wherein the overlap includes at least a portion of

the frequency range of about 2000 to about 5000 Hz.

17. The apparatus according to claim 9, wherein the overlap includes at least a portion of

the frequency range of about 3000 to about 4000 Hz.



encode the gain envel ope based on a relation between the highband signal
and the synthesized highband signal. 14. The apparatus according to
claim9, wherein the passband of the | owband processing path overl aps

t he passband of the highband processphg path by about 500 Hz. 15. The
apparatus according to claim9, wherein the passband of the | owband
processing path overlaps the passband of the hi ghband processing path by
about 400 to about 600 Hz. 16. The apparatus according to claim9,

wher eil$ t helhs\apparatys iapesirdidie $o elpinm eawgerainrtber lovdand speechsighalegddecy r ange

of abgut, 2000 abo 50 Hz. 17.. The apparatus according to claim9,
Wneregﬁhp?{lélosg\‘?écﬁSé%}larh%‘fetfgggmgﬁsafn@gggragesporti on of the frequency range
of about 3000 to about 4000 Hz. 57 18. The apparatus according to claim

9, wherein the | owband speech signal and the highband speech signal have
di ffed®nt sEheppbargtus geensding ¢o chiive 9awhereimtamimaelcbe samplingoratss af thed, wherei n
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w deb#pdvideigdlsiocndl. The apparatus according to claim9, said apparatus
conprising a ceﬁ%ular tel ephone. 21. The apparatus according to claim9,
sai d apparatus conprising a device configured to transmt a plurality of

packe conpliant wth a.versi f the Internet Protocal erein the

P aPpty oelbaltsubB BT LA sl m B e ater KRGl " e
plurality of Iowband filter parameters, and the plurality of highband
filter paraneters. 22. A nethod of signal processing, said nethod

conpr 28i ng: Thsrapparetus geeordivgie algin 9 appiagate copsistheondeyiagicgaBawred §peech

si gnal__havi ng, . fif n cont en en. at -|.e n 0 ,
encoditrﬁ%sahfl?ﬁgglucr)%gﬁgs %Cg(étesccﬁﬂlg:ﬁa%ta : %ﬂrs%r Sgioﬁgheggtﬁréeg%g%gcog’p‘gg% mlsﬁl% egnal
based Ipﬁﬂallti;a of paditelsaiastrities eelensodpddbwbanictx cRatiadigal, theplotdinpafidwbmerch
signal; whereln said produgigg a_ | owband speech signal includes producing
t he | dilsapatametseseand e ghuplity 96 Bighband falfer parametars.porti on of the frequency

content of the w deband signal, the first portion including the portion
of the w deband signal between 1000 and 2000 Hz, and (B) a third portion

of the2fr ecueRehbdosMighal protessing, widipbawod csingfigihg: characterized in that

producing a lowband speech signal based on a wideband speech signal having
frequency content between at least 1000 and 6000 Hz;

encoding the lowband speech signal;

producing a highband speech signal based on the wideband speech signal; and
encoding the highband speech signal;

wherein said producing a lowband speech signal includes producing the lowband
speech signal based on (A) a first portion of the frequency content of the wideband signal, the
first portion including the portion of the wideband signal between 1000 and 2000 Hz, and (B) a
third portion of the frequency content of the wideband signal,

characterized in that

the third portion includes a portion of the wideband signal between 2000 and 5000 Hz
that has a width of at least 400 Hz, and
in that producing a highband speech signal includes producing the highband speech signal
based on (C) a second portion of the frequency content of the wideband signal, the second
portion including the portion of the wideband signal between 5000 and 6000 Hz, and (D) the
third portion of the frequency content of the wideband signal.



the third portion includes a portion of the w deband signal between 2000
and 5000 Hz that has a width of at |east 400 Hz, and in that producing a
hi ghband speech signal includes producing the highband speech signal
based on (C) a second portion of theS§requency content of the w deband
signal, the second portion including the portion of the w deband si gnal
bet ween 5000 and 6000 Hz, and (D) the third portion of the frequency
content of the w deband signal,. 58 23, The method according to claim 22,
wher et t hd heimethodypsepiding Grelaimedadersamie dirgprtion ofche widebanbsigaalt i on of
t he w ' I £ r.epn the second
port;,\q(%{r%ﬁ}(gi?é1 ?ﬁ?o%n%e%fgﬁ%wgﬁgﬁﬁﬁ%@%ﬁggg? ﬂégyapnortl 8\%&21@ ﬁ‘é[l he w deband

Si gnaiwheteiat the secodd Portamd GO derandesighalne hueiesithie lperti din sfdthgaidebarmd sigredl udes
a portion of the w nd signal between 3000 and 4000 Hz that has a
wi dt hggf”eea"%‘w%)a?é‘ld%g?&z?n 4. The method according to claim22, wherein

t he | owban I f o I : !

por 1 on_ and T Banmy Rtioh REER poldoR B B dp R inabetnh D00,

hi ghbafD Hptmehass witdh of atdéastd2s) Hrequency content of the second portion
and frequency content of the third portion. 25. The nethod according to
claim 22, wherein the | owband speech signal and the highband speech
signal have different sanpling rates. 26. The nmethod according to claim
22, wherein a sumof the sanpling rates of the | owband speech signal and
t he hR¢ghbarihespghahacsoniied tol daimal2, gvhesfirethe idwabaridspeschrpdnahgciudes of t he
W deb%gd si gnal The net.hod wherein the first

. 27. di t lLaim 22,
speecHeayragy eontent of the fitstportion anégﬂfo’tr%l%yn ‘H’é‘g\t g&ﬁ‘l&%‘r‘ib‘é‘é‘@ﬂ’ wdgrhereinng o at
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gener atreterdt ofitlgphthadgoroni t ati on si gnal based on the encoded | owband

excitation signal, and to encode the highband signal, according to the
hi ghband excitation signal, into at least a plurality of highband filter

par anggers. j aj : @%r A1 psecond
speec BencoTc%?n?&s[&g%éﬁ%dgﬂ teogﬁéig{ijlé %glc'fgn ?‘ﬁeb‘ﬂ?%ﬁbsgn Si %na{l&ﬁnt o at | east
a pl uhighbind speedh sigriahhavef different parphimgtrges and a plurality of gain
factors.

26. The method according to claim 22, wherein a sum of the sampling rates of the

lowband speech signal and the highband speech signal is not greater than the sampling rate of
the wideband signal.

27. The method according to claim 22, wherein the first speech encoder is configured to
encode the lowband speech signal into at least an encoded lowband excitation signal and a
plurality of lowband filter parameters, and wherein the second speech encoder is configured to
generate a highband excitation signal based on the encoded lowband excitation signal, and to
encode the highband signal, according to the highband excitation signal, into at least a plurality
of highband filter parameters.

28. The method according to claim 22, wherein the second speech encoder is configured to
encode the highband signal into at least a plurality of highband filter parameters and a plurality

of gain factors.



