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HI GHBAND EXCI TATI ON GENERATI ON RELATED APPLI CATI ONS [ 0001] This
application clains benefit of U'S. Provisional Pat. Appl. No. 60/667, 901,
entitled " | NG THE H GH FREQUENCY BAND OF W DEBAND S " filed April
1, 2005. 0 b"’ﬂm]cati on also clains benefit of U S. EEE&F%%%W&#MP&.
Appl.  No. 60/673,965, entitled "PARAMETER CODI NG I N A H GH 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 svSYSTHIMS) RHITHEODS, WNB A PBARATIEY FORMIGHBAND been
limted in bandwi dth to the frequency range of 300-3400 kHz. New networks
for voice conmmuni cations, EXGIBATION GENERAIHGNyY and voi ce over |P
(Internet Protocol, VolP), may not have the same bandwidth limts, and it
may be desirable to transmt and receive voice comuni cations that include
a w deband frequency range over such networks. For exanple, it nmay be
desirable to support an audig.f e at extends down to 50 Hz
and/or up to 7 or 8 kHz. It r@}“‘ﬁgﬁﬂﬁé‘mme to support other
applications, such as high-quality audio or audio/video conferencing, that
nmay have a@don SPEie&Ppl&ansehinsbehdN@EE N PES/idchal P2 ApFIdNGI ened7,90PSTN
limts. [0004] Extension of the range supported by a speech coder iInto

hi gher 11 cepidRd QO DINGyTHR BHGHFHIHVAENCY AN GF WIBEEANRSPEECH: &

i nformati og .1 i r i ) L S o f 'anhs largely
i the hi gpt i g 03, T BRESUH PR enGH 0P LR proviaBRpal AppE,

qual i ti es 56. B80S, siclad SBARAYBLITICOPINGANaApIIGH-BARID SPHECKHed vowel

may have s al .. rQ bove the PSTN limt. WD 2006/ 130221

PCT/ USZOOG@@I? 4fﬂ%§?3tpg%82’]aio&§'e approach to w deband speech codi ng invol ves
scaling a narrowband speech coding technique (e.g., one configured to

encode the range of 0--4 kHzFIEKOD QGRTHE INVENTION

[0002] This 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 300-3400 kHz.
New networks for voice communications, such as cellular telephony and voice over IP
(Internet Protocol, VoIP), may not have the same bandwidth limits, and it may be
desirable to transmit and receive voice communications that include a wideband
frequency range over such networks. For example, it may be desirable to support an
audio frequency range that extends down to 50 Hz and/or up to 7 or 8 kHz. It may also
be desirable to support other applications, such as high-quality audio or audio/video
conferencing, that may have audio speech content in ranges outside the traditional
PSTN limits.

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

may have spectral energy far above the PSTN limit.



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

hi gher rate to include conponents at high frequencies, and a narrowband
codi ng technique may be reconfigured to use nore filter coefficients to
repr esent WRI280aii3e2band si gnal . Narrowband codi ng techmp@uesosugirsas CELP
(codebook excited |inear prediction) are conputationally intensive,
however, and a w deband CELP coder mayzconsume too nmany processing cycles

to be practjcal for many nobj nd ot her epbedded applications. Encodi ng
the entir eﬁ]@%ﬂct RFAPBFO2 hWWéﬁgﬂg‘ SB?eﬁhﬁPélP%lné{(’]dE%W@gﬁﬁﬂﬁF‘?"(Rﬁ“dusi ng such a
t echni que gFBdthabsing &@Hﬂqﬁ@(@% SHRRGRRAKADD ¥k 88 fafEd S5 Kip) Radkdy dt h.

Mor eover, transcoding of such an encoded signal would be required before

even its tharrshimdspegom.i Ber cxamply, biweeshaigm merbe pampediridyloghedetoded by a
systemt hat, . t r ‘ i . Anot.her approach to

wi deband ?%é%c d%((:: 8 ﬁ%%?sn@g%e%%ewg%% gb%ﬁ(a%tnlqﬁang %gdoc%n qgé}tlﬁgqug Bgagtb?’ al

envel ope freomfipived envsededte fideer covbiaoiehtsstp @girésaht thiswatictaad sighall e  such an
approach be igpl enent ed w t hqut jncrease i n_handwi dth and wi thout a
need for tng e 1 ,m&‘ﬁ&h%%s%&sﬂﬁégﬁ’a@%iw@?%&%Pn%iﬁ%&mm Fucture of
the hi ghbangpuRRbEAI9nehsife, RBREGR, S ARAbcHEEDEERP Y& onBnPHEdi Ct ed
accurately fromthe spectral envel ope of the narrowband portion. [0007] It

may be deshamtirecessing eslesive he precidesbimenasp ewbie estiother esahetdachat at | east the

nar r owband i f L n e Lgn nt. th .nar r onband
channel (?ﬁ@%ahgg&ﬁjﬁgqlﬁlgé ea%%gﬁ %eém%?u% @f&ré%%?cﬁ |afnté) ao({reg%ﬁ%ﬂaeur%h@i gni fi cant
nodi fi cat i wimg sutH 4 iechrdqeymey alkd adtokmbhmactepablyigrge kicesass mrbandwiddd. so be
desirable, for exanple, to void a signific reductjon in the nunber of
User s t hat MR e BRparingel Y BhFIPUSt BLYOLH R reaieg PP B | Ul ar

tel ephony aRdwBARBREAST ddul BY@insWirkeddntd A/ dRb&SID R&] Bat oalVARY
[0008] In onewenbodi ment, a metnﬁod ofngenerati ng ayﬁ%bandaexci tation

si gnal i neppataaarhawiedingy ext endi ng the spectrumof a signal that is
based on a | owband excitation signal; calculating a tinme-donmain envel ope

of a sign atyl t P ' ' ; d nodul ati ng
a noi se s?ﬂé’?\%‘*] a‘%‘i‘:‘%}r‘%ﬁﬁg‘q? %ﬂor@gﬂaﬁg%g%?oﬁwelh%}{%gé . l%ﬁ%lnr%tﬁ{uod al so

i ncl udes clagiidiand spgctfl)enaelbpe fromitixadncyded xherodeahdspeptal end@lEOBWHIB0221

PCT/ US2006/ 012234 3. based .on. a reaul.tl_l of the harmni al(fﬁ’ ext.endi ng and
(B) a mduqua}? glaapr%c?agg néaiygjﬁéplpkgéegﬁ without any increase in bandwidth and without a

need for transcoding, 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
narrowband 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, a method of generating a highband excitation signal
includes harmonically extending the spectrum of a signal that is based on a lowband
excitation signal; calculating a time-domain envelope of a signal that is based on the
lowband excitation signal; and modulating a noise signal according to the time-domgin

envelope. The method also includes combining (A) a harmonically extended signal



on a result of the nodulating. In this nmethod, the highband excitation
signal is based on a result of the conbining. [0009] In another

enbodi ment, an apparatus includes a spectrum extender configured to
perform a Wé’rzﬁ%lif’gnéxtenm on of the spectrum of a signatCwbsmodm2based on a
| owband excitation signal; an envel opg cal cul ator configured to cal cul ate
a tinme-domain envel ope of a signal that is based on the | owband excitation

signal; a fadébbn £RERL mhe ﬁﬁﬁfdnﬂ:‘dﬂ?@xt&ﬂhn%)ﬁfdf(% Md{fmﬁyﬂl@w@%&n@fba@emm se
signal according to the time-domain enve second conbi ner

conf i gur edon dregiat efthamedulatingm Iafthig methednthe hbwlemyltaéwnér@éus bhggAah based

on a resul c extensi on and (B) a nodul ated noi se signal
based on aatreg&elgéﬁﬁ &?ﬁ% modul ation. The hi ghband excitation signal is

based on a result of the sum [00010] In another enbodi nent, an apparatus
i ncl udes niPadY fInranhtienombaiahént, ancsppemnths hgludaea sprettmuenteatieraoafigned that is
based on qp

and, excitation. sSi an for aI cul at,i n donai n
envel ope o Pg\#g)%ﬁﬁ?@%&teﬁ?sﬂggg&eéhe%fﬁg‘i ate‘ﬁgf‘steﬁtof’%ﬂo‘glit’aé’ﬁgl neans
for nmodul agxicigtich smgﬂals @n Sh@lde cakRGRId 'chSflgtuﬁbdttb @alh!zlﬁi%'adﬁﬁ@ﬂélnalﬁ ByRigRe; and
means for conbining (A a harnonically extended signal based on a result

of said ha‘?fr?(ﬁﬁf@hihﬂvs é&aeéﬁmﬂngloah@nd(g)nt@%tmmaﬁ@@t gombicsieghigieBizsed on a
resul t Rk afH?&Bﬁ'la%h'a an&Q Elgha‘i Lk Eou[ﬁe tlﬁFﬁgﬁf%@ﬁg}; gjﬁgﬁa“ on

signal is Poase on resu n| ng.
enbodi rrentsecmckrﬂmtbumbr otﬁnf@m&lrtat:alngaa arsuglrdfamja barciohzhil pextendgdaignali ncl udes

cal cul ati a, harnoni cal | y extended sign by appl.ying a.no in ar function
Co Ca T owoil Gkt o0 Sk BrGinal Hspadng (d ot Pl Ae) bisas oF 60 of a
speech si gralit of tAOFhoBIXdHI THR S dhBRRDE Rt dnYkigst i€ BERE ofiadBailt IMthidbush.

nodul at ed noi se signal to generate a highband excitation signal. BRI EF

DESCRI PTI ON OF THE DRAW NGS [00012] FIGURE | a shows a bl ock diagramof a
wi deband 5[89%1}}1 Brrogter eophasiynent capngrs irstugss Bmsdprassmoncaldn13] FI GURE | b

shows a bl gg dehpn ¢h encoder
A0 o saEHe %@ﬁ%@%g%lgﬁ%%%ﬂ&i%%ﬁ%%%@m JehalHRERCT PNOOU

di agr am of foacalpdetrgrdinngdenhin devalder of 1316001 thatds basdi ny thedowbangimbodi ment .
‘ excitation signal; means for modulating a noise signal according to the time-domain
envelope; and means for comiaining (A) a harmonically extended signal based on a
result of said harmonically extending and (B) a modulated noise signal based on a result
of said modulating. In this apparatus, the highband excitation signal is based on a result

of said combining.

[00011] In another embodiment, a method of generating a highband excitation signal
includes calculating a harmonically extended signal by applying a nonlinear function to
a lowband excitation signal derived from a low-frequency portion of a speech signal;
and mixing the harmonically extended signal with a modulated noise signal to generate

a highband excitation signal.
BRIEF DESCRIPTION OF THE DRAWINGS

[00012] FIGURE la shows a block diagram of a wideband speech encoder A100

according to an embodiment.

[00013] FIGURE 1b shows a block diagram of an implementation A102 of wideband
speech encoder A100.



[ 00015] FI GURE 2b shows a bl ock diagram of an inplenentation B 102 of
w deband speech encoder 13100. [00016] FI GURE 3a shows a bl ock di agram of

an i npl enent at i on Al t2 of filter bank A110. [00017] ows a
bl ock di agYAM 3% i npl ementation B 122 of filter banEE%@i:ﬂﬁéaz%gOOlB]

FI GURE 4a shows bandw dth coverage of 4he | ow and hi gh bands for one
exanple of filter bank A 110. [00019] FI GURE 4b shows bandw dt h coverage of
t he | ow anf@0MAY FIGRRIS2L mbwatad»ldnkrdlagmaﬁ}i widebaridi spteeh deeutkr BEOGLO. [ 00020]
FI GURE 4c shogvs bl o ﬁocg ram of an inplenmentation Al 14 of filter bank
A112. [ 00659 ™ ﬁg%ﬁé@ a bl ock diagram of an inplenentation B124 of
filter bank B 122. [00022] FI GURE 5a shows an exanple of a plot of

f requency [Us015§ FUGRIRH 21 &devsfalock di eharSingplhent 4R BA8) oFlviddimdb shows a
bl ock di agr am of a basic |inear prediction coding system [00024] FlIGURE 6
shows a blsBeskhgneyenBi®} an i npl enentation A122 of narrowband encoder
A120. [00025] FIGURE 7 shows a bl ock di agram of an inplenentation B 112 of

“a”o""ba“%mﬁ%}?qﬁi@‘rﬁlﬁﬁ t%@v&%ﬂ%ﬁha@e SI§Ea ?ég?xﬁéﬁ?at@ﬁﬁﬁ%%@h rcbfanlé‘ p' ot of

frequency vs e for or voi ced speech. WD
200611302201119CT/ U520061012234 5 [00027] FlI GURE 8b shows an exanpl e of a
plot of tinme vs. log anplitude for a residual signal for voiced speech.

[ 00028] FI tion coding
System ¢ HOPOI) HBTRE a0 AR Bl Bt 0P B B 48 s hows 5
bl ock di agsiam of an inpl enentation A202 of highband encoder A200. [00030]
FI GURE 11 shows a bl ock diagram of an inplenentati on A302 of hi ghband

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

[00019] FIGURE 4b shows bandwidth coverage of the low and high bands for another
example of filter bank A110.

[00020] FIGURE 4c shows a block diagram of an implementation A114 of filter bank
All12.

(00021] FIGURE 4d shows a block diagram of an implementation B124 of filter bank
B122.

[00022] FIGURE 5a shows an example of a plot of frequency vs. log amplitude for a
speech signal.

[00023] FIGURE 5b shows a block diagram of a basic linear prediction coding system.

[00024] FIGURE 6 shows a block diagram of an implementation A122 of narrowband
encoder A120.

[00025] FIGURE 7 shows a block diagram of an implementation B112 of narrowband
decoder B110.

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

residual signal for voiced speech.



excitation generator A300. [00031.] FIGURE 12 shows a bl ock di agram of an
i npl enmentati on A402 of spectrum extender A400. [00032] FI GURE 12a shows
pl ots of signal spectra at various points in one exanple of a spectral
ext ensi on WPeWaIBH. [ 00033] FI GURE 12b shows plots of PETGHaN068Fa¢ ra at
various points in another exanple of g spectral extension operation.

[ 00034] FI GURE 13 shows a bl ock diagram of an inplenentation A304 of

hi ghband g 1iabiCAIRE 8D Sh& Lin AlBDle dr QPR3 T tifnk GREg ddpihevs, @ bl ock

di agram of an inplenentati on A306 of highband excitation generator A302.
[ 00036] FI GeHmls@ngHonkoiged spsofthart for an envel ope cal cul ation task T100.
[ 00037] FIGURE 16 shows a bl ock diagram of an inplenentation 492 of

conbi ner [ BRAZSE o i ]E st frat ating a
nmeasur e of fbgg%ﬁ]odl Ci ty9os#l Wﬁ?gﬁ’égné SI g%%lbggggae?%ﬁgﬁgﬁk%%gsﬂﬁshows a
bl ock di agthanalaf peaformsivingrrent piediotiorA312 of hi ghband excitati on generator
A302. WD 2006/ 130221 PCT/ US2006/ 012234 6 [00040] FlI GURE 19 shows a bl ock

di agr am of i tion 14 of hi ghband , excitati nerat or A302.
foogaa] r1 BRI BETRE I Sh et o Spertimtons drpppniatinhdls vt o

hi ghband enxte#dratdoon generator A302. [00042] FIGURE 21 shows a flowchart
for a gain calculation task T200. [00043] FIGURE 22 shows a flowchart for

an i npl enent ati on T210 of gain cal culatiagon _task T200. £00044] FI GURE 23a
shows a di HYPh BICERELA bW hyblophdingram of ppbppigpentpiggRi-3 99 an

applicati o&cggti@%/gn&g@g/imgfuncti on as shown in FIGURE 23a to subfranmes of
a speech signal. 7100046] FIGURE 24 shows a bl ock diagram for an

i npl enentati on B202 of hi ghband decoder B200.
[00031] FIGURE 12 shows a block diagram of an implementation A402 of spectrum

extender A400.

[00032] FIGURE 12a shows plots of signal spectra at various points in one example of

a spectral extension operation.

[00033] FIGURE 12b shows plots of signal spectra at various points in another

example of a spectral extension operation.

{00034] FIGURE 13 shows a block diagram of an implementation A304 of highband

excitation generator A302.

[00035] FIGURE 14 shows a block diagram of an implementation A306 of highband

excitation generator A302.
{00036] FIGURE 15 shows a flowchart for an envelope calculation task T100.

[00037] FIGURE 16 shows a block diagram of an implementation 492 of combiner
490,

[00038] FIGURE 17 illustrates an approach to calculating a measure of periodicity of
highband signal S30.

[00039] FIGURE 18 shows a block diagram of an implementation A312 of highband

excitation generator A302.



[00047] FI GURE 25 shows a bl ock diagram of an inplenentation ADLO of

w deband speech encoder AI00. [00048] FlIGURE 26a shows a schematic di agram
of an inplenmentation D122 of delay |ine D120. [00049] FIGURE 26b shows a
schemat i c Y0 aYpA2Df an i npl enentati on D124 of delay PERESHYSEY 00050]

FI GURE 27 shows a schematic di agram of gan i npl enmentati on D130 of del ay

line D 120. [00051] FI GURE 28 shows a bl ock di agram of an inplenentation

AD12 of wi (iei0aoid FIGPREAD seheoslBlociABhSran] S108 Sdpleikfiitbn 2914 bomBhiand | owchar t
of a nmethod of signal processing MD1I00 according to an enbodi nment. [00053]

FI GURE 30 SHOMEOBETEBIEHSO2 for a net hod MLOO according to an embodi ment.
WO 2006/ 130221 PCTJ0OS2006/ 012234 7 [00054] FI GURE 31la shows a fl owchart

for a met hamoyRORIGORRNYIshGWS #bRBK dRPRALIIER MpiehBRABS AR IRl shows a
flowchart tor an inplenentation M210 of nethod MO00. [00056]  FlI GURE 32

shows a f| eyatiatien gdnerater ABBLhod MB0OO according to an enbodi ment. [00057] In
the figures and acconpanyi ng description, the sane reference | abels refer

t th ' SCRI PTI ON [ 00058
Enbodi ment S Uhe S e RE 28 Spay SO S 1Bk BT Bl o epparatus

that may be configured to provide an extension to a narrowband speech coder
t o support [00043N FHHFYBEQA showdd oflowtlontegearnimplinckabaiod T2pe of pais cgmahtionat a
bandw dt h inggﬁﬁie of only about 800 to 1000 bps (bits per second).
Potential 4 ges of such inplenentations include enbedded coding to
support conpatibility wth narrowband systens, relatively easy allocation
and real | of044N FOGURERS 2 Bistweerdizagra® of awisddbangfuatibdi ghband codi ng

channel s, avoiding a conputationally intensive w deband synthesis
operation, [(?O%QS] FIGURE 23b shows an application of a windowing function as shown in

FIGURE 23a to subframes of a speech signal.

[00046] FIGURE 24 shows a block diagram for an impiementation B202 of highband
decoder B200.

[00047] FIGURE 25 shows a block diagram of an implementation AD10 of wideband
speech encoder A100.

[00048] FIGURE 26a shows a schematic diagram of an implementation D122 of delay
line D120.

[00049] FIGURE 26b shows a schematic diagram of an implementation D124 of delay
line D120.

[000501 FIGURE 27 shows a schematic diagram of an implementation D130 of delay
line D120.

[00051] FIGURE 28 shows a block diagram of an implementation AD12 of wideband
speech encoder AD10.

[00052] FIGURE 29 shows a flowchart of a method of signal processing MD100

according to an embodiment.

[00053] FIGURE 30 shows a flowchart for a method M100 according to an

embodiment.



mai ntaining a |l ow sanpling rate for signals to be processed by
conputationally intensive waveform coding routines. [00059] Unless
expressly limted by its context, the term"calculating” is used herein to
i ndi cate af 249/184221 or di nary meani ngs, such as conput i FET/FEMENE240g, and
selecting from a list of values. Wiere the term"conprising” is used in
the present description and clains, it does not exclude other elenents or
operation &URE 2y 4 - L.odi any of its
ordi nary ;[ggoﬁimralgfg, inc#ludd?lﬁggt%ﬁgwglghsegr%?}eﬂ'&%\q\?zsdde)aéﬁg n%?&%q and (ii) "A
i's based ombatinfesdst B." The term"Internet Protocol” includes version 4,
as described in I ETF (Internet Engineering Task Force) RFC (Request for

s Shous. dORISSLUARUAGY SRFAHOL (BT RARAR ef AR AR B B8 0r i o to an

enbodi mentM209.1 ter bank Al 10 is configured to filter a wi deband speech
signal S10 to produce a narrowband signal S20 and a hi ghband si gnal 530.

Nar r owban r i.s configured to enc arrowband signal S20 to
pr oduce V\%@%@ﬁ%@ﬁ%@?ﬂ@é&&d&ﬁm §@et@3d2@§9(89958’f@&13(%3)1 filter

par anet er $mbgdinddyel a narrowband residual signal S50. As described in
further detail herein, narrowband encoder Al120 is typically configured to

produce narrowband filter paraneters S40 and encoded narrowband excitation
si gnal  SHB008d] dadiehBees andiasesnpsnying dessephiay thesarme rdfegneediabgls safesliband

encoder A%ﬂ@sén&or%ﬂglfgg&ﬁre?ﬂnénﬁ &2@99@' hi ghband si gnal S30 according to

information in enco narr owba excitation signal S50 to produce

hi ghband codi ng paraneters 560. As described in further detail herein,

hi ghband encoder A200 is typilETANLERPESGRIETION produce hi ghband codi ng
paraneters S60 as codebook indices or in another quantized form One

b deband- 9B Pubdlmth GPRREHRRTERN, FOREE Rk O e Bl U MHERR. | D, °000
second), titilayeawhfigubdtdkipeddai egensiado b atrrovelsandwpaohl cbder teesuppat anet er s

S40 and encoded . narrowband excitation signal 55Q, and about 1 kbps being
used for Hfaé‘ﬁﬁléﬁ‘ﬂnéB‘yPhﬁOfaé%?é"ﬁlé?@Pé SESEED gﬁ%ﬁ%ﬁ%ap‘?w nEEad R to

conbi ne t%o@ﬁﬁb@‘%@doﬁlﬁwsﬁ%@ﬁb@ s&ﬂﬁ'ccl}h ipgRhandidsh § 8f sﬂcmrﬁpl@méﬁt%rﬁ _
bitstream For exanple, it nmay be desired to nultiplex the encoded signals

t oget her fio¢lude emixeded pasting te supportopepatébilifyrveith naoyowiberd systsmswictatively's

transm ssi e%gy glpo%gtri]c?nl gn’d reallocation of bits between the narrowband and highband coding
channels, avoiding a computationally intensive wideband synthesis operation, and
maintaining a low sampling rate for signals to be processed by computationally

intensive waveform coding routines.

[00059] Unless expressly limited by its context, the term “calculating” is used herein to
indicate any of its ordinary meanings, such as computing, generating, and selecting from
a list of values. Where the term “comprising” is used in the present description and
claims, it does not exclude other elements or operations. The term “A is based on B” is
used to indicate any of its ordinary meanings, including the cases (i) “A is equal to B”
and (ii) “A is based on at least B.” The term “Internet Protocol” includes version 4, as
described in IETF (Internet Engineering Task Force) RFC (Request for Comments) 791,

and subsequent versions such as version 6.

[00060] FIGURE 1a shows a block diagram of a wideband speech encoder A100
according to an embodiment. Filter bank A110 is configured to filter a wideband
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



or for storage, as an encoded w deband speech signal. FIGJRE | b shows a
bl ock diagram of an inplenentation AL02 of w deband speech encoder A100

that includes a nultiplexer AL30 configured to conbin filter
par anet er ¥Y&HY/138doded narrowband excitation signal E%@ﬁgé’%‘%&ﬁﬁghband

filter paraneters S60 into a nultiple&ed signal S70. [00062] An appar at us
i ncl udi ng encoder A102 may al so include circuitry configured to transmt
mul ti pl exedusivgaal (NS ilien parameterssS1dming ainamoebadnedidwilisilgnass5a. Wisr ed,

optical, o i rel ess channpel .. Such an par at may al so be configured to
per f orm on S?&?%Frbff ﬁ“ﬂ%@ﬁ%ﬁﬂgﬁe@ﬁﬂ%ﬁow a%f)%c%cﬁelr 5‘#20 &ﬁﬁ?’l‘f@ﬁ‘é? Fr,egghch as
error corr@6iiceRaeteMidTler Badmetefsaj46-and SEREEd RirfOWHARAYN Bk difatiO@bnancodi ng)
and/or error detection encoding (e.g., cyclic _redundancy encodi ng), and/or

one or nor¥0 ayedebosk indigenor in Podeveantizader- nigighbang encoder BaPRsL , TCP/ | P,
cdma2000) -%&9919;@@104 o&@%?ﬁb@ﬂ%@%ﬁ%ﬁ af: diﬂg}otigfﬂr&fé%n fiedode be configured
e owban in an

to enbed t encoded nar si gna uding narro filter

par anmet er snadsb@bamtexeitetichedgnah 850 vivadude Bighbindtcoding phgunaeterSSE). A&s a
separabl e substream of nul.tjpl.exed,signal 570  such that fhe encoded

mar T oband SR M EetbbEnE B indetend erno S Hopelh el 2006/ 130221
PCTI US20064:9d12:4 3fbhb@nddoddipoiaihet®9 850 & odbbdtklindigds@¥ Blarhpghang/ such as a
hi ghband and/ or lowband signal. For exanple, nultiplexed signal S70 may be

arranged siggh. Onapatinelaperasddeiof widehaodpreach ericgdealALPRyis panfigusdver ed by
stripping ; [ L &8 : ent | advant age
o such 3 FLBe REAERORE Siephd s RREPHEELCS, SR (ISR B BB

w deband swigiaboub256 kbpprsdsd mgd ifdr ntdoabaysilenpirbattemsuioont snddeddi ng of the

Farrowioand Si r@éﬂ?&@%ﬁ@%ﬁ?@éﬁiﬁ# ?Iggli%c{{lin% ogdgugz,gi ghgagg)gporti on.
00064] FI i i r 13100
accordi ng pdamdtrs@apodi ment. Narrowband decoder B110 is configured to

decode narrowband filter paraneters S40 and encoded narrowband excitation

signal S50 to produce a narrowband signal 590. Hi ghban_d decoder B200 is
conf i gur ed[00B61] ek sy bidgsirealia combige g cpendshbrawbangend bighbuidsignels a

nar r onband. i: { i g Of) o; exgltation
o anal 550" £ringle YAl e MIRE LRy FE ARHPRE HMART BHAL P band
decoder B bhj&he¢rfocwafsiniusionde iz operawicke, ogticaloubairelessxeansmission chameinal S80 to

hi ghband dgrcfglg sQ:gragBez,%.(s) an Exiu:lotdgci WP(flegé(nd%%ge%h isis gnz?l.o %&g}%el sthgw(s: g rg}%icg ©
diagram of an implementation A102 of wideband speech encoder A100 that includes a
multiplexer A130 configured to combine narrowband filter parameters S40, encoded
narrowband excitation signal S50, and highband filter parameters S60 into a
multiplexed signal S70.

[00062] An apparatus including encoder A102 may also include circuitry configured to
transmit multiplexed signal S70 into a transmission channel such as a wired, optical, or
wireless channel, Such an apparatus may also be configured to perform one or more
channel encoding operations on the signal, such as error correction encoding (e.g., rate-
compatible convolutional encoding) and/or error detection encoding (e.g., cyclic
redundancy encoding), and/or one or more layers of network protocol encoding (e.g.,

Ethernet, TCP/IP, cdma2000).

[00063] Tt may be desirable for multiplexer A130 to be configured to embed the
encoded narrowband signal (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



narrowband signal S90 and hi ghband signal 5100 to produce a w deband speech
signal 5il0. [000651 FIGURE 2b is a block diagram of an inplenentation
B102 of w deband speech decoder B100 that includes a denulti pI exer B130
confi gur edVP3%fdte encoded signals S40, 550, and SEETHSMOMAZ pl exed
signal S70. An apparatus including détoder B102 may include circuitry
configured to receive nultiplexed signal S70 froma transm ssion channel
such as a ohprasier Pglfﬁloh@émUItmleWrS@Iﬂels%m@h@hmeﬂ higlhaoh aedionlppasmat ignal. may al so

e cor’ SHLEO L RLIRN.ANG o e, NREAEL: 4266 0 fuEal | ons on e

signal, suc

convol ut i aagbwbdaipnalighay bawdtoveral Hmnﬁﬁt@ﬁﬂayaﬁe igbiasidTdtef par@meteBYCl i C
redundancy and/ or opne or nore.  |ayers of network protocol

ecodi ng)
decodi ng é8 One E?fﬁ%te%% agvantagpof WChéé??é‘?BEﬁdP av?léé'%reﬂed o TRORCOGRRNG 10 | s
confi gur ed:n&d?leél M&e%ﬁnc?@gﬁamgéfbr agﬁ 1t@d:§ att39 yr?sgilj: dm%@ﬂg schene to

produce a | owfrequency sub a hi que Tf)ependl ng on
t he desi grmatmwb@ldlsmnﬁkimtﬂh@ @asupponldmoda;gpdflthrduﬂ(hmdphreloout put subbands may
have equal or unequal bandw dths and may be overl appi ng or nonoverl appi ng.

A confi ggﬁﬁ%ﬁ %I@b‘&féiaégég%%glﬁla?ta}lﬁogg\? aélrﬁq é:e%ﬁdecod %Wa %g\ﬁm ubbands

is al so 0SSl conTigured to

produce oneawémbamki@ent! N&hawﬁami dpcades Btlh]ats doﬁﬁgu:elEtocxtwmmmﬁoszbmﬁ a frequency
range beI%M/that of 6/1 @é&l P 82006/0122g4 narr owband si gnal
S20 (such H&r pHaMFiER g BF 14 excHatignsiengne Y?IR% WE asuch a

filter bank beniR spgaaﬂ‘ S%Ur}ﬂghﬁa‘ﬁd%%ﬁpﬁzmﬁc&{ﬁgﬁ%% sk hgsindni ghband
signals that include conponents in a frequency range above that of

hi ghband @p@napms@ete(%iﬁﬂmca@d@g tp apgeoveifand gxgr@tion §grd S80,bas@l @2 kHz). In

such case. W ASHANTBRREE0 B0 905N S8 00 prdl. PRAIRLSIRIL 6ol fiicode this

si gnal or signals sep Fexer 3 co i'gured to

i ncl ude thﬁmﬁﬂenhn@wahuﬂmﬁoﬂﬁdﬂﬂognﬁhﬁQMeeugmahaehmnﬂuhhdakamﬁda si gnal S70
(e.g., as a sge arag}e p%H; on) . bOOO 7] FI%ﬁRE 3a shows a bl ock di agram of
an i npl ensHngs$o Ajehbandqteceder B2p0 T bank 329 ffonfigured i S to produce

two subband 5488l sfnl P0G dHES NGRS SRR 6 p‘i&fu@éa widdbhh®ép e@ﬁ'ﬂéf gl 10 i's

arranged to recelve a w deband speech sl gnal havi ng a "hi gh- frequency
(or hi ghbdd. portion and a lowfrequency (or Iowband) portion. Filter bank
Al112 includes a | owband processing path configured to receive w deband

speech si 4Bdles} FIGURE 2b is a block diagram of an implementation B102 of wideband
speech decoder B100 that includes a demultiplexer B130 coﬁﬁ gured to produce encoded
signals S40, S50, and S60 from multiplexed signal S70. An apparatus including
decoder B102 may include circuitry configured to receive multiplexed signal S70 from
a transmission channel such as a wired, optical, or wireless channel. Such an apparatus
may also be configured to perform one or more channel decoding operations on the
signal, such as error correction decoding (e.g., rate-compatible convolutional decoding)
and/or error detection decoding (e.g., cyclic redundancy decoding), and/or one or more

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

[00066] Filter bank A110 is configured to filter an input signal according to a split-
band scheme to produce a low-frequency subband and a high-frequency subband.
Depending on the design criteria for the particular application, the output subbands may
have equal or unequal bandwidths and may be overlapping or nonoverlapping. A
configuration of filter bank A110 that produces more than two subbands is also
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



S 10 and to produce narrowband speech signal S20, and a hi ghband processing
path configured to receive w deband speech signal S10 and to produce

hi ghband 39$ech signal S30. Lowpass filter 110 filters w deband speech
signal S10"Y&"MpA¥E*a selected |owfrequency subband, ARGRPYNPLEY filter

130 filters wi deband speech signal S100to pass a selected high-frequency
subband. Because both subband signals have nore narrow bandw dths than
wi deband s@ewdiindisignall S7818ychtak tieramgamp 5030 Hid.ek iscase pssibleddusel at o sone

extent w t.hoyt ss_of .infqormation. Downsa [ Q0 reduces .t he sanpling
rate of thgerrboa\?jég%ée %qn&ﬁgﬁe%ocgrgg%eﬁ)&e%mgreg%gﬁogé%a%gaﬂiﬁggﬂs P‘ﬁ%t or (e.g.,
by r emovirmgxdsaambe:&ntsfintahﬁgﬁérgpadngaawv@rthaft@phi@ﬁﬁam sRaPd JS(sidht A3 aaver age
val ues), and downsanpler 140 |1 kew se reduces the sanpling rate of the

hi ghpass &ngnal 148800t gr 1432 Ke: He sudeass: didehard spaeshomcedes ™dPO [ 000681

FI GURE 3b ' ' ' tA B122 of
filter ban b ToB e e e B A A A0 owband
si gnal S8y be configisd wendudstthd ddditgpnanahtcodedsiendlgd signatsiingudtiigeds) , and
| owpass fi.Itqu,]ﬂ, O filters fhe upsanpl ed signal to pass only a | owband
portion (S STPLe Br BRRFPIZPIERSI ; Li kewi se, upsanpl er 170 increases the
sanpling rate of highband signal 5100 and highpass filter 180 filters the

upsanpl ed [E0GTRIFIGUREB:Show ¥ blaclhtighhans apemplefintatibieA1126f flas shand si gnal s
are then summed to form w deband speech signal 5110. In_sone

i npl enent &Ll et srcopBgyeadio moduge twe subband Bignwls IBvinzaedused snamnlingrees- t o
4 . , . T ge
or e viei gh et BCALLN teech Rk P R TG AN R L SRR B0 3 ©F
cal cul at ecft_eq;gpnhjf (ivthaghtbantd podon aﬁ?tz@mw-ﬁreglmntjf gln!itmliaod) pdrtién.| Fier taakk B120
ach of AT eEbE 1t B-RERR S hADRLE FRLRRRFRR R Busdl (00000

finite-inMgub ekt to'R6MRONEWHaRH spdebh SiEnf1S28.5andA Hi ghbhii p@céseﬂa%m- response
(I''R) filter, The frequency responses of encoder filters 110 and 130 may
have synmEeHjgrestodecetienyifehend sperelpeanal §1@ard toipsduce bichbandisaesgben st opband
and passb 'k(i)(sjg',‘rsk lofhh€rs 160 and
180 may hg@gals%'%’ret ri gssg}rﬂg}Isi@%%?%%@%@%%g%ﬁgﬁﬁog ?gﬁgeﬂrsgf&h%%s bet ween
st opband &wHpasnbpmthbahd, andiigbgasel&er 180Ifdtelsunidetmnd epeesh pigadl ISY0 tmecessary

For i Gnpase I EaHEPrpE e Sy e o BESHE POLPOTER SE GNRESES 1 tor 160,
I n one exauRbw® bandwidths than wideband speech signal $10, their sampling rates can be

reduced to some extent without loss of information. Downsampler 120 reduces the

sampling rate of the lowpass signal according to a desired decimation factor (e.g., by

removing samples of the signal and/or replacing samples with average values), and

downsampler 140 likewise reduces the sampling rate of the highpass signal according to

another desired decimation factor.

[00068] FIGURE 3b shows a block diagram of a corresponding implementation B122
of filter bank B120. Upsampler 150 increases the sampling rate of narrowband signal
S90 (e.g., by zero-stuffing and/or by duplicating samples), and lowpass filter 160 filters
the upsampled signal to pass only a lowband portion (e.g., to prevent aliasing).
Likewise, upsampler 170 increases the sampling rate of highband signal S100 and
highpass filter 180 filters the upsampled signal to pass only a highband portion. The
two passband signals are then summed to form wideband speech signal S110. In some
implementations of decoder B100, filter bank B120 is configured to produce a weighted

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



the two filter pairs 110, 130 and 160, 180 are quadrature mrror filter
(QW) banks, wth filter pair 110, 130 having the same coefficients as
filter pair 160, 180. [00070] In a typical exanple, ass fllter 110 has
a passbandVORMS/1RE udes the |imited PSTN range of 30 W12 o the
band fromO to 4 kHz). FIGURES 4a andifib show rel ative bandvvl dt hs of

w deband speech signal 510, narrowband signal S20, and hi ghband si gnal S30

in two difkslcenied byrplghbBnl @ddcbdurd20ex anphRguration df(ﬁtlﬂar Bink Bipeseatpar ti cul ar
exanpl es, w deband speech signal SI0 has a sa ?fg rate of 16 kHz

(r epr esent P ‘F‘F%‘E}B’@ﬁﬁ@%ﬂ%%ﬁ@%‘gwsﬁﬁoﬁw of 0 to 8 kHz), and

narrowband signal S20 has a sanpling rate of 8 kHz (representing frequency

conponent s [yi0ed] Wath6r the ANER 196, Bot 504 140HRdy bd mgﬂlntéd‘astzﬂ‘?mﬁlﬁ jse. of
FIGURE 4a, there is no signifi cant over | ap between the two bbands. A

hi ghband s|f@fﬁ@l53§§@\)ﬁte%ﬁmwnllhflltlﬁrlmpebﬁ%rrﬁﬁp@sﬁﬂ}llbﬁlt@btTéﬁ ﬁeqluansy ng a

hi ghpass fi it may be
desirabl e tési)gﬁsg%%égeen\é{)%ée? f‘ztg%ajlﬁﬁ%ﬂ@%(ﬂm iglﬁél%“ E& Jt)h?m%ﬁglsr%}ra(}p@ %})efi
filtered sitgngfiorxyggiang bettveen nbpbahd\md IﬁusblamanLi&pmsa,tth@frcqwﬁc}chsmyesbe

expected to i fjcan reduce the conputatignal exjty of further
processi ng Sa‘ifgarfﬂﬁgs idqy‘inﬂel(éb ;’Ia"e eliD %SHBllaf&g@eB NgiH8P gy down t o
the range Qégl&stb@tvfjeeﬁ%glﬂéﬁm%l faisﬁz%ﬁ Qﬂ‘mam@dagﬁameam ik Q8Q{Zd1y! n the

al ternative exanpl e of t he upper and | ower subb angs have an
appr eci abl @eepssary ﬁpbm&@hﬁltﬁaltlotthbaweé@ &§m6(§¢spgn$ as dowpas-filterd 68eamdfotbed by

both subb n t exa may be

obt ai ned ugﬂ%ﬂl&%&ﬂ%{ ﬁho Qg@b?ﬂ??@ge eégon%é s‘r?ﬁ%]p%gss% A lgb néq gRa/mEl In such
a case, it thimwoﬁﬂtedparsr]albl 30 mMZ@&&d@ﬁﬁ%@PﬁfﬁM&ﬂ&%@MB&ﬂm, 12 reduce

the sanmpling . rate to sampling the filter si.gnal by a factor

of 16/7. ﬁ@ﬁ?ﬁpﬂbe&éﬁgﬁﬁa%ﬁﬁ ﬁarﬁggoaﬁfgcq@%%@cél?ﬂpﬁlﬁg@’dﬁgfi cantly reduce

the conputational conplexity of further processing operations on the

signal, wi I[pooT0yen hbﬁ1caﬂ>@§z§ﬂﬂé‘%@%@§ f)erdQDMad Opdskisunt Mg enchidedthbo 3.5 kHz
wi t hout | oss of information In a typical handset for telephonic

comuni cat iligkted F¥dNgen gt 081340941z (P Eathsdaee frem( togt KHPH FIGURESYAone and
th th
frequoncy P96 sV ERRGR KBl RS K AELARRDEED 33 A SINRRRIRENPNER N0

wi deband sERecdighbatd Skl 580 wewvo defaami ifiplehizniagomd txdnmgltsude Hothrof t he

Sgggg:ﬁd? ne%!%pgncu ar ex%r%rp els Clejzfdagan spee h 51gn28 SIB hgsh£ s?a%sphfnlg lr;gtg {)f I’L63 l?th ave

(representing frequency components within the range of 0 to 8 kHz), and narrowband
signal S20 has a sampling rate of 8 kHz (representing frequency components within the
range of 0 to 4 kHz).

[00071] In the example of FIGURE 4a, there is no significant overlap between the two
subbands. A highband signal S30 as shown in this example may be obtained using a
highpass filter 130 with a passband of 4-8 kHz. In such a case, it may be desirable to
reduce the sampling rate to 8 kHz by downsampling the filtered signal by a factor of
two. Such an operation, which may be expected to significantly reduce the
computational complexity of further processing operations on the signal, will move the

passband energy down to the range of 0 to 4 kHz without loss of information.

[00072] In the alternative example of FIGURE 4b, the upper and lower subbands have
an appreciable overlap, such that the region of 3.5 to 4 kHz is described by both
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



7.5 kHz and 3.5-8 kHz. [00074] In sone inplenentations, providing an
overl ap between subbands as in the exanple of FIGURE 4b allows for the use

of a | owpass _and/aor a highpass filter having a snooth rolloff over the
over | apped? &YedH22such filters are typically easier t3Cd8SPYHN1244ess

conputationally conplex, and/or introdyce |less delay than filters with
sharper or "brick-wall" responses. Filters having sharp transition regions

tend to hawgué tg@@armpm{gdﬁb&bﬁﬁﬁﬁwidgwnﬁa}\pligguﬁqﬂt@{éda@g}ﬁ%yM—‘h’éfbrt)fl ters of
simlar order that have snoboth rolloffs. Filters having sharp transition

regi ons nmayo/al Sechmeperagag Wikghimse be expseiad tossignifisamty medpce figse ri ngi ng

artifacts. i i L: | e. filters,
al I owi ng f%?ﬁgutéﬁgglﬁ{?@%gf) Fﬂl ﬁgf%ﬁéeshggélﬁ%%dﬁgg“?@gﬁ‘ r?l’%lyq%oﬁ)gtl% e the use
of a fil tepassanflichdrgy dowin Gsihe pamige of Arce3.§ &He lnéthoeviays dfigforrhdinuni t circl e,
which may be inportant to ensure a stable fixed-point inplenmentation.

[ 00075] Ov pi ng,_of subhands all.ows a snooth bl endi ng of. | owband and

hi ghband  (URR7SEE2 Bica A0 R e G cBmERp At Sne PRt B | aci ng
and/or a | gagsdietd @.e2eenictopBtiR dnld @it dafREbe @R RulsirakdrPlabRearOdppeciablydr eover ,
the coding efficiency of narrowband encoder A120 (for exanple, a waveform

coder) nayrdpPIe aver iy frequencyirargerafdgt kHeyIn thF%an&l%ﬁbF]@,U%dPyﬁ@e quality of
the narr O\(’)V?@lﬁgn SP\Qﬁrébzgﬁ% Pé’chrsf”g]%'lcsel‘é) HRlwdeBY Rl § KBS R0t inG5RRGHhE! Y 1 0 the

presence background noOise. 1n such cases, providing an overlap of the
subbands nencodertsigms eOtheepayticilintexamples efirigithasefiltdr 186G hevecpasshmngrorf&ift-s i n t he

over | apped,r.egion.. .[ ] Moreover, overl apping of subbands allows a
snoot h bl e%éﬁﬁ%%‘fwls&g}g{g}%d and highband that may | ead to fewer audible

artifacts, reduced aliasing, and/or a |l ess WD 20061130221
PCT/ 13S200 00182 BdsonkImpinieneaibhs pidvidisg id orrllp betweaiesubdndlistapirithe ot her.

Such a feature ng specjally _desirahle for gn inp]enmentation i n which
narr om/oandemﬁgﬁlﬂﬁ(i&% %#%l_lqws fiidse o dees ﬂ_z‘g@f %Bgiﬂ%ﬁ%ﬂﬁferd@mg Ag to

di fferent endhiRgolBet ARHB:QFEEHped RipidhX 3R fiters et REAR caliBtbRGsiEE£C NI ques
may produce signals that sound quite different. A'codér that encodes a

spectral efesetapmtitionalhecontnien, efd/onidtbdiok lashdilaebamtilter modusberper @i gnal

havi ng a different, sound tg n coder. that .encodes th L itude spectrum
"ot ead. A RGBT gRRes o AR e Sharb S AN S s R 5 e coder)
may produceidaloBésgalch mita\tatg atiaghhé ) tRarefiltersefsndildrivader shat hegugmeyr donai n
coder. A coder_that encodes a signal i

rolloffs. Filters having sharp transition regions may also have long impulse responses

which may cause ringing artifacts. For filter bank implementations having one or more

IR filters, allowing for a smooth rolloff over the overlapped region may enable the use

of a filter or filters whose poles are farther away from the unit circle, which may be

important to ensure a stable fixed-point implementation.

[00075] Overlapping of subbands allows a smooth blending of lowband and highband
that may lead to fewer audible artifacts, reduced aliasing, and/or a less noticeable
transition from one band to the other. Moreover, the coding efficiency of narrowband
encoder A120 (for example, a waveform coder) may drop with increasing frequency.
For example, coding quality of the narrowband coder may be reduced at Jow bit rates,
especially in the presence of background noise. In such cases, providing an overlap of
the subbands may increase the quality of reproduced frequency components in the

overlapped region.

[00076] Moreover, overlapping of subbands allows a smooth blending of lowband and

highband that may lead to fewer audible artifacts, reduced aliasing, and/or a less



with a representation of the spectral envel ope and the corresponding

resi dual signal nay produce a signal having a different sound than a coder
t hat encodes_a si with only a representation of t envelope.
A coder t 4P 2UHLY s a signal as a representation of m?§ﬁ§§ﬁé #nrnay
produce an output having a different stund than that from a sinusoi dal
coder. In such cases, using filters having sharp transition regions to

defi ne nonmlteeﬁté@phnsgi@dbhmnnisbamdyo the athet.oSwnh adbatuptmaynist geecdaht ual |y

not i ceabl e ition

et ] Gate Rt Mg RSPy S SRR Rt Pres S A MRS o anai ng

frequency edco841QUEBpafae: REéEMgUs efifckdht M@@&hbmbgbglmcxﬁu@ filters are
unsuitable for at | east sonme of the w deband coding inplenentations

descri bed #eeen hcodm&:jwrwqe@ BleY pEAkoati gnal B alanembteidifferemty i“gendetitbelo create
astont ! capbadleioesrbn MdiRdh Y ihilehe doBelARIRE mdy #Qﬁrgeﬁg%as pondi ng QM

filter ban eco an arrangenent my propriate for
an appl i cabhavorg aahffntanctmmhdhamagcnddr thanenrroslesathsiagnplﬂfurdeapﬁctranmnnm&adom

di stortion_.between t il ter, banks |on reduce he

ot Toot | voniRE R Gl e S T 20T oAt B ep el P e ety Sl

appl i cat i opsviglessiffcRadsdual elan alffk@héﬂé@ doRin\Gder, DL IR MHaBdricons: agHal gured to
operate at very low bit rates. a consenguence of the very low bit rate,

t he decodedithpgenspseptatipn pkthy SE%“@IW@%{@P‘%‘Q e Gaseeppangling;resi @ﬁnfﬁ@a)’corrpar ed

ncancel el Sl oses K o BE Rt iR uph s Mor e EFEodERE TR B0 1

produce a &prdsh&mmeﬂtlm @aettalbﬂma:ﬂopresAqmdenhpttanedadeyamgnallaara to the original
si gnal but which act al | ffers significantly fro si gnal .
For " exanpl BRIt of s e Hor Gy sreeion i SR huE R N sprsh e

narroWoandfrbﬁSer s@mbldapcdaesqﬁlsmci;amrmﬂg fTRYs FevafEUG kition fdgtdko as the
act ual ghband residual may be conpl etely absent fromthe decoded signal.
Use of QvFdsiiperoneveriapping sybbmmdsspoderdre ap sruphandipercepiualipppticestie such

PPl | cat | oy efodky . AuBh0k heanindegs aRuBndligher [ on caused by

uncanceled iasin Icatrons t banks typically have
hi gher bit rat es (e g., over 12 kbps for AMR and 64 kbps for G 722).
[ 00079] ThE0ARHuUAdthohghdRSEFdTlter bamksaaeeglcmleynﬁtmyioasﬂmmﬁwqbeweduced i f

e o et ShyebREe AL b s bl DR,
descri bed h@h€bithé WiddbhkdcodaEimpleateaneons described herein. A QMF filter bank at
the encoder is configured to create a significant degree of aliasing that is canceled in the
corresponding QMF filter bank at the decoder. Such an arrangement may not be
appropriate for an application in which the signal incurs a significant amount of
distortion between the filter banks, as the distortion may reduce the effectiveness of the
alias cancellation property. For example, applications described herein inciude coding
implementations configured to operate at very low bit rates. As a consequence of the
very low bit rate, the decoded signal is likely to appear significantly distorted as
compared to the original signal, such that use of QMF filter banks may lead to

uncanceled aliasing.

[00078] Additionally, a coder may be configured to produce a synthesized signal that is
perceptually similar to the original signal but which actually differs significantly from
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



i ncl udes about half of the w deband bandw dth, however, distortion caused
by uncancel ed aliasing could affect a significant part of the signal. The

quality of the signal nmay also be affected by the | ocation of the
frequency WAAWYSPEH! which the uncancel ed aliasi ng occBFIVSENPOBRMnpI e,

di stortion created near the center of g w deband speech signal (e.g.,
between 3 and 4 kHz) may be nuch nore objectionable than distortion that

occurs neafiliébagkigia saéh éﬂjﬁcﬁtic@@ﬁiay(e_ﬁd@oasigﬁlﬁ\i@t@egré%f dibBRARARLuMALY e the
responses of the filters of a QW filter bank are strictly related to one

anot her, t Aecanesigskaliasiaad Appltaandthgasn QT filisrbarls typislly ve bisherbiB120 may
be config 0 r@@hg\q%ﬁqr ly unrel ated apart fromthe
over | appi niéhrt%ge%f ﬁt@e)&;ﬁ?\oﬁggﬁ(%an s’ é@?%:%gafﬁ}eﬁoverl ap of the two subbands

as the distance fromthe point at which the frequency response of the
hi ghband f [000&?] dhepwowr of 2BtaiBngauted by KEVIE pbasing may Whiedhcedhfthe r equency

response of.the |owband filter draps -20 .dB. .In variqus, .exanples of
1o bantget PR pei g o RBE st PR gl A bRl B et o
around 1 Kkidzthe Witth bathg@ubianabbbit ex4fPlet & @hetied Bfkidinh Wayh ERREEFRAY a
desirable  tradeoff between codi nﬁ efficiency and perceptual snoothness. In

one parti ciichdes beuhkaliotiae wided A, BOWE e disfeition gaysed BY ound 500 Hz.
[00081] It & A8Sih 62 [ toafil i k haééc;u%l' ) B 122 to
perform oggar%é%ci@onsﬁglgéi lgggf?gtaggnﬁﬁgﬂlpéjﬁﬁ%&fégggg4 | rlﬁgg\t/}%: al stages.
For exanpl eignal Bia@dRe btaifeheddy thedbatikn df thg fraguenty band ovpt whiehttat i on Al 14 of

filter bank All at. perfor a functional equival ent of hjpghpass

1 teri ng Snceds A Rnpe BRGrS T R rotfe SR oA P R Bt oo at i on,
resanpl i ngwidkBeddepebddsigra . O] ttbecd BRMAY KPRF maPbe hurh mdrdphjedniiag i on may
be easier to design and/or may allow reuse of ftfunctional blocks of |ogic

and/ or cod&andisforgamibat eccurssaranpdes ofifbe sigpm (e B hawe fdHZe used to perform
the operations of decimation to 14 kHz and decimation to 7 kHz as shown in

FI GURE 4c. [9ghl@ Wﬁ&ttﬁé{qs{ﬁ‘é@g Sidhe QRS &ld QUIF TR Bl RE SR REhidio
mul tiplying the signal with the function eJ"" or the sequence (-1)", whose

val ues al t enhanothepdhaonipand amhidghiband pashsad @0 B4mka @20 arCBARS2OY Be 610 1 2 2

SR T e e

response. [RAG82hbYahdd. SWa@kehk thbaterRf ofthe NS SEHband:eas e diftenceFRed thal
reversal operation, the spectrum of highband signal S30 is reversed.

Subsequent Peipk#tathightde figqpensy ssseenge pf thpfighband filter drops to —20 dB up to the
point at which the frequency response of the lowband filter drops to —20 dB. In various

examples of filter bank A110 and/or B120, this overlap ranges from around 200 Hz to
around 1 kHz. The range of about 400 to about 600 Hz may represent a desirable
tradeoff between coding efficiency and perceptual smoothness. In one particular

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

[00081] It may be desirable to implement filter bank A112 and/or B122 to perform
operations as illustrated in FIGURES 4a and 4b in several stages. For example,
FIGURE 4c shows a block diagram of an implementation A114 of filter bank A112 that
performs a functional equivalent of highpass filtering and downsampling operations
using a series of interpolation, resampling, decimation, and other operations. Such an
implementation may be easier to design and/or may allow reuse of functional blocks of
logic and/or code. For example, the same functional block may be used to perform the
operations of decimation to 14 kHz and decimation to 7 kHz as shown in FIGURE 4c.

The spectral reversal operation may be implemented by multiplying the signal with the

function ¢ or the sequence (-1)", whose values alternate between +1 and —1. The



correspondi ng decoder maybe configured accordi ngly. For exanple, highband
excitation generator A300 as described herein nmay be configured to produce
a highband excitation signal 5120 that al so has a spectrally reve

form [O00BRPIEZHE 4d shows a bl ock di agram of an |ﬁ6FEﬂ§ﬁ°§?V&ﬁ 8124 of
filter bank B122 that perforns a funcijonal equival ent of upsanpling and
hi ghpass fiItering operations using a series of interpolation, resanpling,

and ot her gpefatsh oﬂﬁkdtffoﬂrmdiaﬁkmpﬁir%ﬂteﬂﬂﬁlhW@ﬁs@fﬂ%}%ﬁﬁﬁ@md Rwhigal
operation in the h band that reverses a simlar operation as perforned,

for exanpl e sigaldo pplaingg despkovralt Rlieraprperfér such as filter bank A114. In
this particular exanple, filter bank B124 al so includes notch filters in

the | owbaphogmds bamd: ishado p&RIPQ gnal at 7100
Hz, althoug}hé gguéﬁélfg(? terEs Sar enop ?rgﬁg?%g%d need Oﬁg%l ggralﬁﬁgﬂu%ded The

Pat ent Appspe@mm@ﬁhrgmmﬂ@al SNEFHORScd. ANDSARPARNEIE o R BPEECHr ShdNAL

FI LTERI NG' fi| . he 5 ddi ti onal
descripti onoréeﬁgg}dl eggfag r?&npg%edrjgzs gﬂ%@ %% e’&“@ﬂ% @7 o?dapartl cul ar

i mpl enent aéx@ﬂaﬁoméen&latdr%Obaﬁl Héscﬁbecﬂl&reﬁiﬂﬂﬁmﬁb@@onﬁg&fﬁﬂl th peciubBs Bighigdndi S

her eby i ncor por at ed bg reference. [00084] hbrromband encoder Al120 is

i mpl ement eBXAREYHH HEnGS1Y thaisalserhes 2ppecirally #eweresd foMRat  encodes t he i nput
speech signal as (A) a set of paraneters that describe a filter and (B) an

exci tat i onjgpogsarIdRE 4dkhyesa bildex @ﬁgﬁfrﬂ o@eﬁi irhy 1Eﬁleﬁtaﬁ&1 BIPAYGReRbAXNT hesi zed
reproduction of the input speech s S5a shows an exanple of a

spectral 8dd2thepreriofmya ﬁp@t—!@nﬁl s@g:v‘éﬁmt Ommﬁh@aﬁmhmmmﬁ ize this
spectr al e%&%t?o?@umﬁgg LERE Ok mrt %mﬁélm hgr%dh&ﬁgr gg{aﬁ&tns W‘}r%ﬁﬁc call ed

f ormant s. eec ers arse spec
structure Bszamsmﬂescﬁ splaétfaimmeﬁra]sopﬂmi’(bnaﬁthé ihighband th&&fa'f'drﬁﬁsamrﬁlar[ 00085]

FI GURE 5b shows an exanple_of a hasic _sourc i.lter arrange s applied
to coding BPETRIRR as perermed. fonGwa elafiﬁfrarr%ﬁﬁé% eg?@ﬁaﬁucg%@?ﬁﬂrbaglﬁa| ysis
modul e calagylk afnﬁﬁm%aﬁi%ﬁla%xaﬂﬁﬂ@@%%a%k@i@& alkd ﬁfcﬁﬁi%?ﬁd)tél?ﬁﬁerfs ind t"h@r
corresponding to the speech sound over a period of tinme ﬁlca ly 20

msec). A me’t@ndﬂlgilﬁglhhaed tf(aaatmmu@talalcempmnm t}a@egmdaa’mﬂm 18h2110 6 /01

2 23 4 16 _an sis_or.predicti r f il ur.ed . gto
Chose 11 I c SRR3Rl BRoRerabERenie Bkl SR RabR sl En SESTRS S
flatten the/STHOBE, ANDEAPRARATUSFOWEPERCH SIGNgNAHTLIERINGC dldded a resi dual )
has | ess energy and thus | ess variance and is easier to

herewith, Attorney Docket 050551, includes additional description and figures relating

to responses of elements of particular implementations of filter banks A110 and B120,

and this material is hereby incorporated by reference.

[00084] 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,

[00085] 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



encode than the original speech signal. Errors resulting fromcoding of the
residual signal may al so be spread nore evenly over the spectrum The
filter paranmeters and residual are typically quantized for efficient
transm ssi B® 80@B302he channel . At the decoder, a synt heci/esSWodteass
configured according to the filter pargnmeters is excited by a signal based
on the residual to produce a synthesized version of the original speech

sound. Thewnglyki e piedictibh £:@6r fitker)RIiEEE YocofIM BURAE ffiter ﬁ!ﬁé/rﬁet@rst ransfer
function that is the inverse of the transfer function of the whitening

filter. [COM8®]s tht tnoREaleneglencdto spastraduilafteadhesignd. Bheogsuling whiteneent at i on
AL22 of r%grfapg?ﬁ%%@d%@gﬁ?lﬁ%g%ss eferk Dt GESR Soriafle 'ana%éqs&f gl ction

codi ng (LP SI's encodes t e sp ec enver ope of
nar r owbancnsedgrthin B2 @ngma]aspseﬂa sighal. i Breoas resrpineglfroim omdmgloP)heQ‘aﬂcﬁliail cients

. coeff ts of | - filter 1/A(z)). Th | dul
ypt cal |y PBEietodo Praffefpriolyprediemenrt e ig AiS abval g | r anes.

wth a. nemwrareqyp@ﬂgmdaﬁmatf& Rking enrsidtial 6% HRlchearn Af@ee. The frane
period is generally a 'period over which the signal may be expected to be

| ocal |y stdRepdshay yynthesia fieraephgured ageprding to theofiligr ippiagmsteshid sx¢itediv\zal ent to
160 sanpl es?grﬁ bd%e(?ﬁﬂmer L{a‘iigogirgé c§ %ﬂﬂem%&:ﬁ v;rsrg{(lyg o?)é%rfﬁgﬁ 1 é‘ﬂa gchanal ysis

nodul e 210 Ts confi gure e’ a se coefficients
t o char actsenid eThehsynthesisfifiér iStMprH]uC@lfxgﬁredaG ha2Cr trankfet ﬁﬁxcﬁmdthﬁmatm It is

al so possi.ble to. inplepent the anal SI S ule to process the input signal
as a seri &8Vgic gfdb%&?%g%?ﬂ@%f’? ﬁﬁgg. %”gferThe anal ysi s nodul e may be
configured to anal yze the sanpl es of each frame directly, or the sanples

nmay be wei[gboss] FIGTHE 6@W§Hlﬁl&lidla@aﬁﬂoﬂd@\ﬂdmgnﬁlétﬁ&itﬁm Afxyof exanple, a
Hamm ng wi ndow). The analysis may al so be perfornmed over a window that is
| arger t haWuiongand eneaderdyieh. Jsthis exgmplssaingay RgSIRL oM FRENE LA G 3 be

symetric %Mﬁﬁa I

i mredi at elrf/lg%lﬂ? %rﬁjea{a%ﬂ%es tﬁéjsﬁ)g?th?ﬁﬁ e%n?r(r)?ﬁ I secongg%lgle?rrfg agt%‘?&;bg%%%t ric (e.qg.
10- 20, sugciredibtiin (iUP) cmﬁffludﬁs(etgu,embﬁi;:tentsm ama]HpDEefdtmdiéﬁ(@)‘) theamlwtedi ng
frame). An ﬁlﬁgg SIS m)d }zels ﬁ %,[anl% edt? calcu{atethe LP
filter coePPfES Hicé LBINGSE %W’H%S aoﬁe €} EAIPETORPINE s, with

Ler oux- Quegiedt 8f @Rffididhi beJur§tg ANQlRRY fo #eh &ABRL ahi BBme HBEoBRALNGAIBy 0dUl €
may be WO 2006/ 130221 PCT/ US2006/ 012234 17 configured to cal cul ate a set

of cepst r aperigd eren wiiehths sizapl reayche sxpetd s iecally gptiopasyongeommont i | t er
coeffici enéx%:nple is 20 milliseconds (equivalent to 160 samples at a sampling rate of 8 kHz). In

one example, LPC analysis module 210 is configured to calculate a set of ten LP filter
coefficients to characterize the formant structure of each 20-millisecond frame. It is
also possible to implement the analysis module to process the input signal as a series of

overlapping {rames.

[00087] 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



[ 00088] The output rate of encoder A120 may be reduced significantly, with
relatively |little effect on reproduction quality, by quantizing the filter
parameters. Linear prediction filter coefficients are difficult to

quanti ze eVPiZtUodM2fY and are usual |y mapped into anot HP&T/USeMe@EREt at i on,
such as line spectral pairs (LSPs) or iffi ne spectral frequencies (LSFs),
for quantization and/or entropy encoding. In the exanple of FIGJRE 6, LP
filter coebifigirghb-chipulaGfa ter ahsharanc@ZicitntafisfearinBahbmsged oo sek X LRI t er
coeffi ci egﬁjs i n}fo‘a correspondi ng set of LSFs. O her one-to-one

repr esent at CORETSESP  filter coefficients include parcor coefficients:

| og-area-ratio values; inmmttance spectral pairs (ISPs); and immttance

spect ral fORS8E MHe@Stpt SIS df endbdes A 190 Mayi 56 Ebdued ighifSaly (ViipRakivayst em for
Mobi | e Conmuni cati ons) AVR-WB (Adaptive Multirate- Wde%and) codec.

Typi cal | y e sffegtonicaiadaetignegalitys et qusptizips theifilier peewpterseiléppes and a

cor r eSPONG DRI cdeficiert abBHBER B dRan A LARIRO B Sy BRI Ude

i npl enent ati ons enco I'n wh the tr rmis eversi bl e
wi t hout erintoranoth@GO@8jcnuiant suzke es IRBGpecsrabpaifsi(DHPL @r tine epeamdli ze t he set of

nar r owban LSFs.ég]:] Ilgéﬂl}er coefficient reBreseBI at'orR?, anEd} n?rrowband
encoder A1ZA'7¥'% TR RUPR AT ZRIR STY/OF §EFOPY EQ P80 PHiSAMRIER i zati on as

t he nar r owhaUREf 6, [LIPetitcp 8bHTELAL 5-L3FQranFUER 220 GhARS % ehe st YPLERKY | ncl udes
a vector quantizer that encodes the input vector as an index to a

cor r espondPef§icigaEinp asairespopding sqt 9hLeF o rOBerREsdelene fPoBonhtions o§bBn i n

FI GURE 6, y\@ﬁgﬁl . Qener.a ?.!191&{' ' | by
passi ng naﬂr}f}f)éﬁan S glggjlﬂgg% t %fg%gcagag’gm%?{a?ﬁ?ﬁ&ﬁ%’ %ﬁe er %éﬁe %Jg so called
an anal ygiags G5Pr &di iotnigancerspatral frdquenciest(Fs), ivehichoaré ugpdrie thed@3Mr di ng t o
the set of filter cpetficients. In thi riicular. e | e, whitening
filter 266(};@3\( ﬁﬁ?@hﬁ’ﬁ%ﬁ’dﬁ?@“ﬁ%aﬂf’ﬁ)?&ﬁ?‘vgbt(ﬁ‘dﬁﬁweﬁ‘ggf 5 ement at i ons
may al so bRiddsad) cdddt S Ty sishlf@drarsion dbtwieh b setlof RIPGater Yodtaakms tdoer cept ual Iy
important information of the speech franme, such as long- termstructure

rel ating toepipeeding ssaf LSEs waevorshle.cybemeqsimenthalse swhiadrplemerintigngr anet er s
S40. - Quant %ﬁéod@?&iq%n%ﬂéﬂ %"n%ﬁsf&r%ﬁ%@gbﬁéi&e%ﬂ]\%@{‘éﬂé&ed representation of
a for ode an

this resi 5 si'gha output as enc narro excitation signal
S50. Such a quantizer typically includes a vector quantizer that encodes
t he i nput [0@890rQumatizar 2830 deconfigurad tooprentespionati nnarestband BSFy (pr bthem t abl e or

codebook. Alternativel .such.a quantizer ,ma he caqnfi red to, send one or
moro par afSEEEETF PRIIALOR )RS TR ERS RREPIBER 132 POt EUHL SUiBBA S 0221
PCT/ US20064Qiit22 8s qdBtization as the narrowband filter parameters S40. Such a quantizer

typically includes a vector quantizer that encodes the input vector as an index to a

corresponding vector entry in a table or codebook.

[60090] As seen in FIGURE 6, narrowband encoder A122 also generates a residual
signal by passing narrowband signal S20 through a whitening filter 260 (also calied an
analysis or prediction error filter) that is configured according to the set of filter
coefficients. In this particular example, whitening filter 260 is implemented as a FIR
filter, although IIR implementations may also be used. This residual signal will
typically contain perceptually important information of the speech frame, such as long-
term structure relating to pitch, that is not represented in narrowband filter parameters
§40. 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



dynam cally at the decoder, rather than retrieved fromstorage, as in a
sparse codebook nethod. Such a nethod is used in coding schenes such as

al gebraic CELP ﬁcodebook excitation linear prediction) and codecs such as
3GPP2 (Thi Y8 288124t i on Partnership 2) EVRC (Enhanced REISAMeQ12%%4 o
Codec). [00091] It is desirable for ndaBrowband encoder Al120 to generate the
encoded narrowband excitation signal according to the sane filter

par anet er dyafmiesllyt didlte deicbderratheathan teaidved fromt sherageo ns mspapace ngdebask owband

decoder. 1n_ fhj nner.. the resultin encoded narro excitation

si gnal rraym%?llordé;sélgﬁ A HEHIRGES s Iy R ”é%(%ﬁ?{?esf%fqh asn%%‘?baaéw Ocﬁihocﬁ‘hose

par amet er exéitaies Jinca predasiof]Haidldod&dsisGih £B3CPP2 (PEEDGehag oh Parthersiip 25l€si r abl e
to configure the whi teni‘ng filter using the sane coefficient val ues that
will be avaR§ Afhanced aseblgdiadrierdectn the basic exanpl e of encoder Al22 as

shown in FIGURE 6, inverse quantizer 240 dequantizes narrowband codi ng

par anet er §o6ta] 1HSedifivleRof hdtdRiband BRbALHA ©0to g&&&&é Blelthéxfdamaps the
resul ting values back to a corresponding set of LP filter coefficients,

and this getrogpandsatitition signal dceordmgdo the seoefiltenpacanyitértvahien thaf wiltlsr 260 to
generate t I esi si.gnal that s 1 zed b uanti zer 270. [00092]
done. ©rpl NS orBliBhog naBkwb G AT BN A BE":

cal cul at e caoaied @skrdvatbana shatwior Xighil atdyolre sdygieadunbilsone dxeéntdrf yi ng one anong

a set of co_deb_o,ok,v%ctors t hat best matches the residual signal. It is
not ed, howepidralitien iy thosenarasmgserYalueh sbdies qparization cers Scsrdghh Baent ed t o

cal cul at e Qg ekanh iczﬁ?%]ré &8 m@ﬁaﬁggt&msp{g thd SinfeCdbiiain $41888hariifl geut

actual l'y generating e residual “signal.” For exanple, narrowband encoder
A120 may bwaitablefat therdedoden Instbe hasiaersmplectf epodlebd bk assbowoisFIGIREAer at e

i1t er par ol R A e SLlRR Jurtoitia B0l U R B BIRERERAG 1 (e

gener at ed cobffidrht trdnkfim 286 mapatiereslinae ales Bickad a Derréspadindses ol S20 in a
perceptual | y wei ghted domain. [00093] FIGJRE 7 shows a bl ock di a%r am of an

i npl enent dilfebfeelcians, gnd fug %%‘:Emﬁﬁm pyEd igamfienrs it fikn b & 310

dequant i zeg, A3k HavRangh tichii8hatR L QhS oedRizel fo. this case, to a set of
LSFs), an ESF-to-LP l?al%tggr c%eﬁl?dg?ent@t anlszform 320 transforns the LSFs

into a set of filter coefficients (for exanple, as described above with
r ef er ence [00W2] Bearesmptpmentativey ofpgowhehdienserist &ilaY 28@oufigyred ioowband encoder

22 o T SRS PR SR S AR S g e S0 o
coef fi ci endodetmol veass s Bext ntched AL kedtitusli sgghal. It is noted, however, that

narrowband encoder A120 may also be implemented to calculate a quantized

representation of the residual signal without actually generating the residual signal. For

example, narrowband encoder A120 may be configured to use a number of codebook

vectors to generate corresponding synthesized signals (e.g., according to a current set of

filter parameters), and to select the codebook vector associated with the generated signal

that best matches the original narrowband signal S20 in a perceptually weighted

domain.

[00093] 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



WO 2006/ 130221 PC1/t; S2006/ 012234 19 580, narrowband synthesis filter 330
synt hesi zes narrowband signal S90. In other words, narrowband synthesis
filter 330 is configured to spectrally shape narrowband excitation signal
S80 accor dWRgU6G3423k dequanti zed filter coefficients t PEEINED1223ar r owband
signal S90. Narrowband decoder B112 a{Mig) provi des narrowband excitation
signal S80 to hi ghband encoder A200, Ich uses it to derive the highband
excitati onggg - I} j ' e tions as
Gescr bed B A R e R s S AR e RO W (LIRS Lo e
addi t i onal wordsonaretwhand synthelis diitoa?R0 id eardiberedBa 8fkctrhldy siragt afresvtiandt he

narr owband _si.gpal ,. s as spectral tilt [tch gain and | ag, and speech
mode. [Ooomﬁ%élgﬂﬁg% T %ﬁ%ﬁ%ﬁ%&%ﬁ&%ﬁkiﬂ Cﬂigfflc&ﬁcfo Wg%and decoder
B112 is a nhesiitmexpinl 900 Naa8wBRw dsbder B 13 YRS PRYIRs aRgSGmaodec. Codebook
excitation linear prediction (CELP) coding is one popular famly of

anal ysi s- b§xadipHemegna S8t highband ancodeph 200e whishiveesst tfdegiye eddghbard may

per f or m wayvgf.ar: i o) . dual i i tions as
Cel cot on Sr i AREREASe el hERlr AR bome IMILHBIARS UL ORRET DT 28, o0
oper at i onsbelawdnarowiand dgodal B MOingiit bengniipeaediol ppondde £ddingonal infigpiran@nt at i ons
of anal ysi s- hy-synthesi s di ng include m xed excitation |linear prediction
(MELP), al &éﬂglél?%géﬁope? éﬁhﬁt,%lfuﬁ%( ?PW@E&SI@P{@E‘E@,@“ P%ﬁﬁﬁé}lt’ pul se
exci t ati onpftdfPEain adth} ianBpcen 6k (MPE), and vector-sum excited |inear
prediction (VSELP) codi ng. Rel ated codi ng nmet hods include nulti-band
excitation “i’PNBE and prototype waveforminterpol ation (PW) coding.

Exanpl es of008P4h dhe gysiag of nasiompandensodaryi2@ and Barggydasp decpdeicB1i2ie Pude t he
ETSI (Euro Jougas INe) We], ngt | e rate codec
(GSM 06. 1o§3 %"F@P%ses ?helg%Bg?@@?ﬁg&h@#@a?&pﬁl&% ?‘(?t"??r}él"w&aﬁ); the GSM
enhanced f piedictiat éCEOR)e0dinETSine@dbhiatia6i)y;of phadysisby-§ynthaaisrwatingeid

Tel econmuni Cﬂti o% Uni 0?% Bt andard 11.8 kb/ st 729 Annef< E ?ﬁ:ﬁ)d}er; the IS
(1nteri m SIERERFYFIGHS PT dusheoders gy pefqrapwaveformgncadins of BR A pl e access
schene) ; t hRad AERBHdrMRNEES tdldcBbe of AaMsANRI fiﬁ%ﬁ%ﬂa@é chbidbodayTm
(Fourth- GCeneration Vocoder) codec (QUALCOW | ncorporated, San Di ego, CA).
Nar r owband cepicBterizZati IooRgFlions eRE spisieiphtg! Weighidne operations. naiiebe i npl enent ed
accor di ng : echin [ 0 . : _codi ng

t echnol ogygr?]i}/\llg%ﬁtgtﬁor&%?gﬁ%}sgsrw%&%sﬁé\%ﬁ%g‘gg}}ée%hgﬁ%f?xégfﬂgoggln dgl a speech

si gnal as pEAfictios EMEDP), picbriRi CRISP (AGELP), relaxation CELP (RCELP), regular

pulse excitation (RPE), multi-pulse CELP (MPE), and vector-sum excited linear

prediction (VSELP) coding. Related coding methods include multi-band excitation
(MBE) and prototype waveform interpolation (PWI) coding. Examples of standardized
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.



describe a filter and (B) an excitation signal used to drive the described
filter to reproduce the speech signal. WO 2006/130221 PCT/ US2006/ 012234
20 [00095] Even after the whitening filter has renobved the coarse spectral
envel ope fWOAGEPRZdWoband signal 520, a consi derabl e amecmus®bs/fibne
harnmoni ¢ structure may remain, especiglly for voiced speech. FI GURE Sa
shows a spectral plot of one exanple of a residual signal, as may be

produced mﬂﬁﬂm@e@l@ﬁegthfewﬁlﬁﬁmﬁﬁ‘l@cér Hhs Yéﬂl(ﬁr%g 18 QRARE s 13 e é?l%elaﬂe f{‘QIWE I The

periodic structure visible in this exanple is related to pitc
di f f er ent napowberd sgnm §§0M@derbl§le aheurs @frfing paaiosic srmytutrauay x&nfafxer ent

i o dommi Roa A0 8; Wked ity HGPRERT AR F LG ot G PR v o

sequence ofksipidl eignflyhsasy beplodiged bﬂ{@@@l%l}mg:ﬁﬁbln Qoﬁf\fd&tl@fg(ﬂ}ﬂ safifldsof speech
quality may be increased by using one or npre paraneter values to encode
char act er i ¥¥ets ]E)efpaﬂ’i’éhcpﬁ“i“&tl”}“s‘fl?i iy thés ex@iﬁ‘élellﬁ’ﬁ?é%t%ch?ﬁ)tpﬁcb rad diffesentst i ¢ of

the pitch f 1Myl call ed the
fundgrrent aﬁ%@ggﬂcﬁcwﬁ% ﬁ%% &%F@%ﬁ gﬁfr?h{f %m:zfangep%)t?u %‘S‘Lsﬁ’%ﬂoo Hz.

Thi s charawtlarpishisgudteres yEICdﬂE §b éxwmdtemnfaéomzhe platetarsexaaiple dfeudundament al

frequency, _al sag ; tba‘itdht he | tch I i ttch | ag i ndi cates the nunber
of sanpl esFHY ﬁ@r@ i} %‘3?? ue%?ﬁa WcBH%d as one or nore codebook
i ndi ces. Speech signals fromnale speakers tend to have larger pitch | ags

t han speecl00896)n@dding efficicheyraddiorspeak Qiigity mh( 00 théteadtiniyGingSing b2l
characteristic relating to the pitch structure is periodicity, which

i ndi cat es PHE Pé{f\n&trgwﬁ%s* tOtfrvéO%éahﬁvaﬁP%st@f PLIBE Biteh FFuchys, Gpeidbofiattds, t he
degree to ch‘ﬁﬂ'«:f&ﬂsﬁch&' tRd ?l'ﬂfhl sttusStuhat R HeGudiy Bpﬁl@q{r&[h@hﬁom m&c‘ﬂ@édctﬁé

indicators of periodicity are zero crossings and nornalized
aut ocor r el andawental frcgeny), (GRS iypicBby indhl wehgyofitoAd08 &lz. ddisi ndi cat ed by

quant | zed SRERERE & SiEnERTERAS P G066E, ey ERAERAT tx BB Rad0 may

i ncl ude oneuled thepich Mpddihe piteloNf iglivaed tehuntRe ORniphs ih @lﬁEQJltcﬁl’pB’mditﬁr noni ¢
structure of narrowband signal 520. As shown in FIGURE 9, one typical CELP

par adi gm t HEtmHEE seodrdey On%en O SOShoIpWALCED oYpeeris el imelayodul e, whi ch
des th |
encodes = g{ ad %ﬂ&‘gg Eﬁg&ﬁ)ga{ mg&m fhgrf ep%EchCé?%{a%efr&f}?&ﬁaﬁ@ caflly € MgPe

foll owed b ose Iction analysrs age, ich
encodes the fine pitch or harnonic structure. The short-term
char act er i #00¥4 Anetherstgabchagastefistic relating to the pitch structure is periodicity,

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

quantized adaptive codebook gain).

{00098] 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 may be used includes an open-loop LPC
analysis module, which encodes the short-terra 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



coefficients, and the long-termcharacteristics are encoded as val ues for
paraneters such as pitch lag and pitch gain. For exanple, narrowband
encoder A120 3/ be configured to output encoded narrowband excitation
si gnal S50%O2%%%/13822h t hat i ncl udes one or more codebooRCI/ngivees2(3e. g., a
fixed codebook index and an adaptive cggdebook index) and WO 2006/ 130221
PCTJUS2006/ 012234 21 correspondi ng gain values. Calculation of this

quanti zed teRiBSRIMALAIPRRISs, [hifouldigh bORANINE R HHa e.g., by
guanti zer 270)S g|aéncl ude Sse e(l:Jtl ng sucadﬁl r#ltdl ce‘?ﬂé}Sen hglg cﬂt}§at| ng such

val ues. En @@mw@néfeszdwel $enat fe. st PugRatizer AH) naﬂysocludms.elmtang suchemdmals ation of

a pitch pr I chy. O rati. inclu ulatlnga
di fferenceg{l)d)‘%%\cglzartl élg%ag\gagle\s}‘gﬁ& rfgogﬂfes%%ﬂ %%‘érlellﬂad'ag Efong term
struct ure imgpdletiondifagiick grdtotypé wavesms MhichpenRdom ga 8%&'!5&:%1%@1%%)@6%
which is té& cally noise-like and wunstructured. [00099] An inplenentation

of nar r owb AHErAET BHWFCISUE4FSINE Bishumhgs + Hlogel H‘@roimedﬁ?&'éeﬂnsﬂﬁ@qufhaﬂ%% 9
TRy be Conblomet: hameul Aty &ﬁﬁﬂr%qmﬁmceexsgééfptmeh ¥ 9PRL R0t e ol SN

decoder B200 after t | ong-term structur itch or ructure)
has been regtoed, For exanpl e, such a decoder may be confi gur ed to output
narrowband excitation si gnal S80 as a dequanti zed version of encoded

nar r owband , ossi.ble to

i mpl ement @pgmtg Bl éleg @P%fﬁ)wé%% ficﬁaetrB 115 kck%gi goe*g%a&%cpgﬁfﬁo

per forms delgwanh FIGURETD abhy Bﬂmﬁgdredm mpﬁtanado%mdtabitﬁfm sidnglnsd0 t&50 to
obtain narro d, exci {on si S80. [000100] In an inplenentation of
wi deband sb@gﬁﬁgéjﬁﬁ%@e#%{i@)@eré%f‘@f% streeture (PG hgTMpc ErSte)iNgS FI GURE 9,
hi ghband eias&,c}egtore@%%ee ﬁeﬂfawwdefima bé Effighd t& BetphATaFeWB AR
excitation signal as produced by the shor termana ysi S or whitening

filter. |nextifasen signadSS0 anz desupriirgd eersion of enveda mﬁa&omﬂ@mtﬂmwﬂ 0 out put
e nar v ougangs el 4 A0, 5IRRe B8N RAR, ERGOHSEARA% bEf ape encod ng

the long-term “structur encoder

A200 to reaihvadidecrict B200 paforewideqdnindonef encbdedsanmeweatt mltatrofnor mat i on
that will be received by highband . decoder, 8200, such that the coding
par arreters%P%i(?é@é‘H“ﬁ?‘“W?ﬁﬁ‘ﬁaﬁﬁleéﬁ’&?&EﬁgM% may al ready account to sone

extent for nonidealities in that information. Thus it may be preferable

for hi ghbanshoeem ads! irfdORer: Qi dn&E W& {pedleheNRAR] 06 %&otdhd @M Si gnal  S80
fromthe sane paranetrized and/ or quanti zed encoded narrowband excitation

si gnal paradigm as shown in FIGURE 9, highband encoder A200 may be configured to receive
the narrowband excitation signal as produced by the short-term analysis or whitening
filter. In other words, narrowband encoder A120 may be configured to output the
narrowband excitation signal to highband encoder A200 before encoding the long-term
structure. It is desirable, however, for highband encoder A200 to receive from the
narrowband channel the same coding information that will be received by highband
decoder B200, such that the coding parameters produced by highband encoder A200
may already account to some extent for nonidealities in that information. Thus it may
be preferable for highband encoder A200 to reconstruct narrowband excitation signal
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.

[000101]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,



S50 to be output by w deband speech encoder AI00. One potential advantage
of this approach is nore accurate cal culation of the highband gain factors
S60b descrijbed below [000101] In addition to paraneters that characterize

the short Y@AHPANE or | ong-term structure of narr O\Nbaﬁ&T@"iS@WQPl%go,

narrowband encoder A120 may produce p&2aneter values that relate to other
characteristics of narrowband signal S20. These val ues, WO 2006/ 130221
PCr / US2006+16i¢i2 2@4 be 2uitalhy qulantesey fxreouspiit ba idebaurbspeechehcbdar AAGOpasy ey

wi deband speech, encoder A10 be incl d anong.the narrowband filter
par anet er slgéﬂgedoaﬁn%ﬁgﬁeu?atrré)a"%?éﬁﬁ%&pé’f?etarﬁ%(ﬁ%ra%@%‘%gS%F@Fat‘gél)o may al so be
conf i gur ediighbadl eptddat A200 gl and be oshifi@redRatadBae hishbeY @riar di ng to one or
nore of these additional paraneters (e.tgéé, after equantization). At

€a

wi deband S}5ERRTICH S6B aLPIANRG, ONf iof HI9Esef dlitionsd poramaipryE-2. @68 | gured to
receive t r i fter
dequanti 22{‘e iqg%@g%“? eﬁg&c}é\gléld\fp@?}ﬁﬁg{?g&aar%gﬂg@cgg&gﬁg@%}%‘}%é 2@%9;? rllj igured to
recei ve (wntgwes &iteteive the geguatet valeds whrarparband tevoduaB Lidsedi, afet | y.

[ 000102] I n, one .exanpl e, of additional, narro d codi ng. paranmeters,

narr O\Abanadquﬂ'ﬁgﬁté?r}B’A%ﬁmﬁ?v g}hi‘kﬁ@% %@g&qg%l@ B@X?’F 8?‘%f£ulr‘?ﬁ8r‘iffe‘s"ﬁeec h node
par anet er sh@poRBBto defi@iBze) dridter Valdes BRécAllyes to the shape of the
spectral envel ope over the passband and is typically represented by the

gquanti zed first reflectiaon coefficient. For npst voiced sounds, the
spectral AOVHRIane examrle gf 4dditional pastohand sadi\gataEameters SHTOWRRG: he fi r st

reflecti onncogdia 190 pRidute VARBEErY &Qﬁil%tsﬁ%hwﬁhﬂame%@%@%ﬁﬁm ced

sounds have a spectrumthat 1s elther , Suc at the first reflection
coef fi ci enframe Speod tiltgelates éo theshapead thespestehanvglppavveritgghpdsstegdemtises, such

that the fjrst.refl i ffi.cient is positiw h +1.
[000103] SpRTR RSB BE Gl CluiRoRRB shs ol Far BONRERer e
current frgiBds, REpE&IANIRraeeResed fvith NG RBY fReary, sulhitat pRIfRet er may

have a bi nary val ue based on one or nore neasures of periodicity (e.g.,
zero cr ossheHgionqagifisientss pegatiye pnd managrspach vbi Moshigvoied youngds havge f r ane,

such as a S{p?{:)tﬂgﬁ E{Ahﬁ%h}‘l‘@r%%&gthﬁt tHE At fefled a RefidfaRUA: tovﬂkn'ﬂ%r I n ot her

i npl enent a e spee node par anet er s one or nore othér states to
i ndi cat e nhpdegore edrgns highl feenwenaies, beb it therdtistmelleton ovefficientanpasitiven bet ween

sil ence angndvnoléyca?p%r(;sagﬁgfh'

[000103] Speech mode (also called voicing mode) indicates whether the current frame
represents voiced or unvoiced speech. This parameter may have a binary value based
on one or more measures of periodicity {e.g., zero crossings, NACFs, pitch gain) and/or
voice activity for the frame, such as a relation between such a measure and a threshold
value. In other implementations, the speech mode parameter has one or more other
states to indicate modes such as silence or background noise, or a transition between

silence and voiced speech.

[000104]Highband encoder A200 is configured to encode highband signal S30
according to a source-filter model, with the excitation for this filter being based on the
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 $120 from encoded narrowband excitation signal S50. Analysis

module A210 produces a set of parameter values that characterize the spectral envelope



[ 000104] H ghband encoder A200 is configured to encode hi ghband signal S30
according to a source-filter nodel, with the excitation for this filter

bei ng based on the encoded nar r owband excitation si gnal. FIGURE 10 shows a
bl ock di agVQRVSHSRA i npl ement ati on A202 of hi ghband erfSAQERIAATBHM hat | s
configured to produce a stream of higjgpand codi ng paranmeters S60 i ncl uding
hi ghband filter paraneters S60a and highband gain factors S60b. H ghband

excit at i onofagRMaad Sign 320, @efhas\qﬁﬁlcﬁlabbﬂdam@%amﬁ@h{oaﬁkmmhg&ﬁh 2240 from
encoded narrowband_excitation signal 350. Analysis nodule A210 produces a

set of par@Rsrerm . &anslyel i ProRucacetdfilFulitarcoaffisients dor cap rmpef WO

2006/ 13022 A l(’é)ﬁ{ nthis

parti cul ar %%@gana %P%?ﬁégmﬁg’n %?gb?@la%gﬁ ureléfls’ig?f_gl 4plgrfor m LPC

anal ysi s t garsfadisde @t efe]LP f)fterchefﬂbiehBﬁntO@ebifrespbﬁdﬁhgseft@f LeBe hAd gk of

hi ghband signal .S30. Linear predict n filter coeffici nt to-LSF transform
410 trans?t%ly ithyfefesace Kyanalysis mody &8@?4 fr?:'fsg?%{%on? TELEISIBe #ifHi ng set
of LSFs. A&dﬂﬁttf’a@lsfoﬁﬁ@!@rﬁ%%g cérgff%fe%%%et&ha%éﬂéieﬁtﬁ%% &kttaand
transform 220, anal ysis and/ or transform41§ may be confi gured
to use ot h@Cﬁffé:Qé@ftif)la@ﬁ/@nPOﬂﬁé@lSnt(f@r@fenta%@pie galSPs¢oef fi ci ents) and/ or
coefficient representations (e.g., |SPs). [000105] Quanti zer 420 is

cont i gur e s1ERkiER: HELSSidledth BORADE Ak SES (BBl N GPGHE C1ent

out put t hecaeffSaidrt rquesehtaﬁorq waeht 4s 28P5) cmd déghbhed dricgédyad2fis éandpupdtamet er s

S60a. Such a antize icall | udes ector uantize hat encodes
the input %‘B‘ftgﬁ léﬂ{ grt 5‘thaséﬁ‘il?1 E‘f?ﬁﬁcﬁ‘i %@P%E‘?‘ %éh §P°§’ﬁ a table or
codebook. ﬁ%ﬁé&@}ﬁaﬁhmﬁae@ RGRSIEF %lﬁg%r #Hab endoBsd el BpubveRi bii@Singex 1 | ter
A220 configured to pr oduce a synthesized hi ghband signal 5130 accordi ng to
hi ghband  elect eoarespsdaiggicaior SiyAp adahle enredewoded spectral envel ope (e. g.
the set of LP filter coefficients) produced by analysis nodul e A210.

Synt hesi s Hf%% i I L, although
FIR i nmpl emdgpgﬁ]o rgrgtiléngbgﬁg fgngﬁgg déggg a?ets?"’(s:fbl gfﬁlzgggwgukg t‘gynt hesi s
filter A220rodsce mhélm@cbhigldsmd{sgnahsm@a@erdmg todeghband orcégiessgnee filter.

[ 000107] Hi ai n factor aIcIa or 30 cgﬁe ane .or r

i 11 er enced AR BEHRPHEL BE EG1o0E ek o F Srhel Lot G RSN eeE and
synt hesi zegy MApRandagé anad. Syathesd fut@rAmllsfcyp@ugqmmeﬁfaﬂ@a@% firr the

franme. QJantl zer 430, which may be | emented as a vector quantizer that
encodes thélti:rn@lmougbﬂ%rm@lgm@matmae;ama o&e used. In a particular example,

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

[000107]Highband gain factor calculator A230 calculates one or more differences
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.

[000108]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



correspondi ng vector entry in a table or codebook, quantizes the value or
val ues specifying the gain envel ope, and hi ghband encoder A202 is
configured to output the result of this quantization as hi ghband gain
factors S@UB?mﬁﬂﬂgib8]ln an inpl ementation as shown in AET PB4 ynt hesi s
filter A220 is arranged to receive thegqfilter coefficients from analysis
nodul e A210. An alternative inplenentation of highband encoder A202

i ncl udes aroéffivients erstadn Shaein @feehaliiy SfH emérft@:ﬁh?/fsﬁf)lfﬂlﬁﬁlﬂfei Ab:&d to decode
the filter coefficients from hi %r;band filter paranmeters S60a, and in this
r

case synt héarelatien efdhe gaip enyedongydighband grin ed@ilaier AR.decoded filter WO
2006/ 130221 PCTI US2006/ 012234 24 coefficients instead. Such an alternative

arrangenen ; r : | g4 3 i ope hy
Al ghband. gdy e BROR ST RARH Bhsp Stebls Ao iarba B3 BUGIMGL TRE Y

modul e A21G\23Adutpityhbesntisig diSHs ead Tset af Hve gahkP @0naspepfreme, rsqectdfelys suchL SFs and
a set of fiy ain val yes. per. frane, .respect i | such that a,w deband
ext ensi on gi“a%ta%éder]i’g?(?%’lg\{ggh %fit%%’éalmg%mfrﬁ@a‘ﬁ)g&g@ﬁygeé lwefi_r‘i‘”{ahrﬂniﬁ el even
addi tional eleabvgdlingial d@¥per Thge CBlie daettilas lo®elsslsenhivean sbdiieyey t 0
frequency errors_at high frequencies, such that highband coding at a | ow

LPC order ®E9SH Bighdeqaencigs givgh thaphighhsnd cedingatradpivdBleprenmanprogirslai ty t o
nar r owband plat L ) GAl. ki ppn of

hi ghband er?fcgg el{raglﬁg\lg%o&’g{abb&@gpgg%ﬁualu ugg&tt%ﬁh%%fdpa&té Cg&gggﬁgﬁglit‘e?y)ger frame

f or hi gh- qwalert % tygcdnspleneniation of hightend preoteraA 208musgt epenfipgded anot her 8 to
12 bits per fr r.. hi gh-qual ity reconstruction qf the t oral envel ope.
I n anot her OB&’PF#TE%{%HS@?EE%%&WM"@ fﬁf)@aﬁﬂéﬁlﬂﬁf’gﬂ&}%ﬁ{ﬂgéﬁeg’g? a‘?)cp ei ght
LSFs per fahahe: 8 (o000l Obr Sat@fdr Miphamanatdoansucabn bf Gbhanshrarsadsr, A200 are
configured_to produce i ghband excitation signal S 120 b)ﬁégener ating a

h
random noi & akqtlhes PRrticHlar erernMley apaRds mpdue AHR QutpwEBGplei eighhhdFs per
anpl i t ude- | ating the noise signal according to the time- domain
envel ope of narrowband signal 520, narrowband excitation signal 580, or
hi ghband si gnal S30. Wiile such a noi se-based net hod may produce adequate
results f de0WlAQISooedmplenredstiohoebdighband ¢ncodey APO0 alrecodéigined bl moduse voi ced

sounds, whas resi dqual s.ar al ly harnoni ¢ and. cansequent |y, have sone
ert odi o straep ettt s Rt e et Padrd RO G EP A aT AP
confi gur ed fleguéRpRbRApEnctsHAR anIitaX FiddalaiiRNths neRakighd 20ching¥d Bo ey t he
spect rum of narrowband excitation si gnal S80 o

domain envelope of narrowband signal 520, narrowband excitation signal S80, or

highband signal S30. While such a noise-based method may produce adequate results

for unvoiced sounds, however, it may not be desirable for voiced sounds, whose

residuals are usually harmonic and consequently have some periodic structure.

[000111]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 $170. Combiner 490 is configured to mix
harmonically extended signal S60 and modulated noise signal S170 to produce
highband excitation signal $120.



into the highband frequency range. FI GURE 11 shows a bl ock di agram of an

i npl ementati on A302 of highband excitation generator A300. I|nverse

guanti zer 4(30 i/s configured to dequantize encoded narrowband excitation
signal S50Y9 8" ¥dtlce narrowband excitation signal S8ECTEFEWEPIIAIext ender
A400 is configured to produce a harnogy cally extended signal S 160 based
on narrowband excitation signal 580. Conbiner 470 is configured to conbi ne

a random n@i0OEL23ingialex gaplef peathndyxtitics R40TRREARERE] BGffBAA adpdcte- domai n
envel ope c%llc,ul ated by enve| gpe cal cul ator 460 to produce a nodul ated
noi se si gniolding qprationiplsp called Myporing) o8 wesrefiband exeitation sighak $¥iPcal | y

ext ended sj relalo) { f L t hi ghband
excitati onb%?gdr?eﬁ%ﬁg%m. y\/ré\%gg‘l(i)%%s?%gggg@e%‘%ﬁg%@géé’%%fgfe {fg‘g’l’kfdg’gonz] I n one
exanpl e, speestlfimgextitaine sighdlfB0i and dlemfapplyingch Highpaey filtarto cetapdetatiad,

fol ding opgratjon (also called mrroyrj on nar,rowbgnd excitatjon signal
SSO to prﬁ‘oﬁ?@ eﬁ?ﬁ("fﬁ? ’&%ﬁch}m&ggﬁﬂéﬁd@%ﬂ?@g@é& P 'é‘ff"ttfagfloﬁlf)i}tlhi ng maybe
performed Hiende@kignAtUE6 bidspcRally RdrsRAnShARAbaRBOx iAol gl 380 18 2

hi ghpass filter to retain the alias. In another exanple, spectrum extender

A400 is cohighkpndéelzs vapypsrarpiiag heltayiedibyanulyplicetieryite d consganiiregieney by
spectrall yc&sfn%rl?%?iﬁi ng narrowband excitation signal SSOinto the highband
(e.g., via upsa ng followed by nultiplication with a constant-frequency
cosine signal). [000113] Spectral folding and translation nethods may
produce spEYDtH]Syecexltfelitterhnddiagsiaficn métbeds nwgrprodiice spactrally extendes

di scontinuaus . with the oriqginal harnpnic structure . of, narrowband

exci L at] on BT PO eE I AR RGP RRIL e OPEmALYHETE STRUER et hods
nmay producef indndhisd diaiiiite sBAKSs( iiPhaa8d/BPtre@RAG. FdrxarRpialaeh at

mul tiples of the fundanental frequency, which may cause tinny-sounding

artifacts Mm§thogemay pedveesignalsd@viaspeds that aisarot gensedly logstadatimuliipies of end to

produce hi gh- jng,ﬂ' ;}J’@ ] Hgmf . ong tonal
characteri g{alﬂéﬂsﬁ Eﬁr eo?/qélr, bec]a?g?é a Esﬁws‘?. gha guE{rrrlizail%flla}éé§J:E~,‘1{at13rrpI ed at 8 kHz
but bandl i racomstiutted speectosignal hEines8 A@¢hobl alsd feed tauppducedpgcfrequencyf nar r owband
excitation signal S80 may contain litt or no_.enerqgy, such that an
ext ended o FFCG ERERAE GnSEELT Hons P EhSitREEr MORAY g G doct 1 a
transl ati OP‘SW%@M RAY BEBYmpRa 8 kPR ®GL KaalilifRbEioaRaMee B8 Hz[ 001141
O her nethods of generating harnonically extended si ginal S 160 incl ude
upper spectrum of narrowband excitation signal S80 may contain little or no energy,
such that an extended signal generated according to a spectral folding or spectral

translation operation may have a spectral hole above 3400 Hz.

[000114]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.

[000115] 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



identifying one or nore fundanental frequencies of narrowband excitation
signal S80 and generating harnonic tones according to that information.

For exanple, the harnonic structure of an excitation si %nal mai/ be
char act er iW@a"8Y3R¥e fundamental frequency toget her wiPCH/SAFP e and

phase i nformati on. Another inplenentati®dn of highband excitation generator
A300 generates a harnonically extended signal 5160 based on the

f undament alevéirbeewsen Gyghataeh uaiay Hatrmiclges adichnelids & &fhnd hivke Bat@APIhen tHey t he
pitch lag and pitch gai n%. Un] ess the harnonjcally extended signal is
phase- cohelPBatNeRfregienay hatenissiriodased byinesihads §ueh dsspesirahipidingsnd t he quality
of the resylti-NIf8s@Ier ; - nonl i near
function n%aﬂ; ig l?sed to gp gogﬁg&goﬁ?eé%@%}rﬁggggﬁ%ﬁ %ﬁﬂ Ig?)é{r)l%%g] %ﬂbf\l S

phase- cohevaious wiplamehtetionaof spebbmmd eateaddr 4400 mncuntt the siseluteealtefendimnnoni ¢

structure i t hou hase di.scaontinyirty. A nonlinear .function nmay al so
orovi de. anClnerRabuVAY weiEioho R s st PR nesOeRrb £9538 Mg | ovel
bet ween hi glppirge MreaGHpRaieNBibESof spltitih éx@amisr AP0EALY B fRfiguRatsr al than
the tonal high-frequency harnonics produced by nethods such as spectral

f ol di ng angPPlypaerlingpr updtioahgying emmpypi cal menoryl ess nonli near functions
that nmay be applied by various inplenentations of spectrum extender A400

i ncl ude t hmoaPrAFIERYALYE HIYACHLAm dr3h %ﬁgﬁgﬂeﬁtﬁﬁoﬁ Mhémg%&ﬁ% ification),

hal fwave rectification, squaring, cubing, cl 1 ppi ng. her
i npl enent atiterisr AA0Q fatis configuxedgndpply A400liTray funeti@omfektgod 8¢ spectruap@l vy a

i i erelANTBRE SRR B S EREEEY e e DB A Re Rk gured to
apply a nopdrtdvand bxdietib®sigh Sext B ichylbaclesi bl tb ufa@iple thakigaiband excitation

signal S80. Upsanpler 510 1s configured to upsanple narrowband excitation
si gnal S80SuifipieRRy foRniRiEs Alising upen eRRliGRHANST tfenopfipga incion  pcgnt |y to
mninmze a LN

Pt Cul ar R e S e gl e A Pl B el

ei ght. Upsatipingy be &drfigueed té pertaymftheyupsethptiog peerdtoniytzhe-ugEiagpieiimpptoper at i on

by zero-stuffin he i nput. signa d..l owpass filtering t.he result.

Noni + near P andiviar g Medagn, Mtoynri Bielan oo Tipnry S o,
function te@ 4phs ARSERBArgehctibe Bfthe updaehpRaAts@ital. abneAsbitibP@R aithod dFehe absol ut e
val ue function over other nonlinear functions for spectral extension, such

as squari ARpolutevalpefunetinaraypr eibermenlinear fuagtions foloipesiead eetansiom, such s

| mpl ement agéugﬂﬁg, it ﬁ%t energy normalization is not needed. In some implementations, the
absolute value function may be applied efficiently by stripping or clearing the sign bit of
each sample. Nonlinear function calculator 520 may also be configured to perform an

amplitude warping of the upsampled or spectrally extended signal.

[000117]Downsampler 530 is configured to downsample the spectrally extended resuit
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.

[000118]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 $80. 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



absol ute val ue function may be applied efficiently by stripping or clearing
the sign bit of each sanple. Nonlinear function cal cul ator 520 may al so be
configured to performan anplitude warping of the upsanpled or ectrally
ext ended sSYQAYP/130241900117] Downsanpl er 530 is confi gur ed’%ﬁ’ SEYRAY é't le the
spectrally extended result of applyinZythe nonlinear function. It may be
desirable for downsanpler 530 to perform a bandpass filtering operation to
select a dagjlipﬂtbrrqueqlwehwr [imntilorofPl:btl{é) S)pwstheﬁlpbs,trunexﬂmrld\ephssﬁgﬁ&ig bef ore

reduci ng the, sa rate to.reduce.or al i asi ng or
corrupt i onP %7155”88 gttl?f’gassp & enéﬁ {S%%QPPST g%quﬁgcyd]e@’rtlogglighb{’fn&“gngﬁmsarrpl er
530 to redgs®etdier dpd 8 RAzy. ate in nore than one stage. [000118] FI GURE 12a

is a diagramthat shows the signal spectra at various points in one
exanpl e of E@Oiﬁﬁcnal ext ensi on operation, where the frequency scale is the

sane acro %ﬁﬁéhewiﬂhetsgectrwwﬁtm(aaijlrsgﬁ%ﬁmsoftdﬁengaaeﬁmgummcwhe exanpl e
of narrowb : g%yya fter

si gnal S80i%élng§§h§%g%§£ Zngé‘i‘%z@?uég‘% g%tmgg;“ellag {gpa %2) V\Slg an
exanpl e of thelspectsatreaftte d highpessfiltoring trerativ®i@ 1ﬂ30ﬁgibaﬂmdrtﬂ$26ﬂﬁé 012234 27
application o ction. Pl ot ectru after
UL R E LR e B Gt EEA  R o S a
frequency i whith g sbﬂnghbgslmb i8 k@lﬂ@ddb yaX@ctbEofdwo. Tn Kﬂréépa(?ﬁmﬁar'ékﬁrhple[ 000119]
e AT L o S0 L b
t he sarrpl an

si gnal . t eration
608 et %ssﬁqglh ba\é\ﬁ nd's &?\alﬁtﬁf‘og h Lﬁﬁhﬁafsg ﬁ{teral B BHQ@E aIﬂp érgﬁb Ppt'[ﬂ?e?g) hows
t he spect rhamkaillér(oaothemmmdtusets@gmuuhesdmmgalmﬁamgesponn) vmprommlae sanpl i ng

rate is reduced by a f ctor n one art e ownsanpl er
530° per f or MESEHL S rbES R Yiop I reaes S bR and Pty g PR BLHELHB ng. by
passi ng thgigml@gband signal through highpass filter 130 and downsanpl er 140

of filter nk Al 12 (or other structures or routlnes havi ng the same
response) t roduce a spectrally extended %égél havi ng t he frequency

range and Mg f@%tt@ sg¢n Wl%‘ﬁlﬁ%)néow@?@ﬁléﬂg highprs sigpAshoygyingdotseen in
plot (9), gewﬁ@mewagal%t}, @&cﬁhﬂhme 5&913 dSARAR 1695%3130(1‘) causes a

rever sal I'ts spectrum I's” exanpl e, “downsanp I's al so
configured cmrmgpmdftopnnfansqnamtmﬂlﬂmpmg)qmer@oopertlwtmgml oot (h¢ stemgraatksultPl ot  (h)

shows a r e(s)y zlzq;[plyin g the spectral flipping operation, which may be performed by multiplying the

nm

signal with the function e”” or the sequence (-1)", whose values alternate between +1
and —1. Such an operation is equivalent to shifting the digital spectrum of the signal in
the frequency domain by a distance of 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).

[000121] 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 $110. 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.



of applying the spectral flipping operation, which may be perforned by
multiplying the signal with the function ej"K or the sequence (-1), whose
val ues alternate between +1 and -1. Such an operation is equivalent to
shifting t WOl spectrum of the signal in the frekkvsyosdormin by a
distance of it, It is noted that the 3gnme result nmay al so be obtained by
appl yi ng the downsanpling and spectral flipping operations in a different

order. Theo®E2plle0Rs 0o tatkR SR Pdanipling B @w RANPSATH d HeciPB¥xBhsish be
configured to 1nclude resanpling to obtain a spectrally extended signal

havi ng t heoPSEa¥en prigprioamed BY spegirgiisaisades ARz magdg cofignred mdamengediono121] As
not ed abov, {: Kk lﬁg%pr |.apl that one
or both of[ﬁ%rffedlﬁglg{rho\p a'ngoan ?%ﬁf)%ﬁé?gﬁsa @a%%,tﬁﬁgé\ﬁsgtgéggg%ect rally
reversed dpectra stvaridue pointspintanotherf dxlample dfankechhl dfisnsion oparatice dvharedhelecoded
in the spectrally reversed form, and is specirally reyersed again at

(11 ter bankeesioHElghesions HEoB pRiorsPIof Hish NP QHRLE FPETHASE O 10, 1 n
such case, exanpkfhsRewBandReS tdh sil‘ggﬁmbnmd@%rslﬁ&dvfme@ ect@g%r Lipndr! GURE 12a

woul d not be necessary, as it wou be desirable for highband eéxcitation

signal S 13%9 has bermvpsamplpdby p factay of v rReidcl dhowis a8 exprhple ofibe 200613022
PCT/ US2006 T ' f i
PSR fres sl o ahiReN BlcBUS. BARKSAR AMRBATRU MRS

downsanpl i ng en oper-ation as
ext ender A4QR: higher freqoamoies guceehtaind arranged in  many different ways. For

exanple, FIGURE 12b is a diagramthat shows the signal spectra at various

points in e | e of a speciral extension operati ere the
frequency @@ﬁ%ﬁglgt @ﬁg%é”éﬁge Ser a{t?fé‘ Wﬁgf(t aﬁf?é’erﬁ?loqu?amﬂl'o?ﬂ’f@ G ws t he
spect r um ofhe gftRtuM%ABI EngE stagé HRWIRSLNFME] nalhieNtheisgplingd8Q.is Pl ot (b)
shows the spectrum after signal S80 has been_ upsanpl ed b?/ a factor of two.
Pl ot (c) slisduesdan adscionsf éve O?MQH&&‘@HE@CFPC%{@H&FF@%%WW-alﬁﬁhfﬁ cation of a

nonl i near I QN L hi , A% CUr: | i gher
Frequenci ceirgic, B signd i SR8 Gp e e} ly ke S EEM implhch DR,

spectral refihghband apedatA200. wiRtlopro¢emjeddighivand ¢iperl Spe ot swmeddrier a si ngl e
stage of downsanpling, in which the sanpling rate is reduced by a factor

f two t inth ired trall ded signal . | i le,
Che o7 anor ARERTAGe 5 B0 Eb bl bR Al L sl o
i pl ement agiliRAly t@havliaghGadcRINEOSHES inAZRBINB a8 re@lcfeLmeRdsdd] ghkanad si gnal

&
S30 in such a form [000124] The spectrally extend%d si gnal produced by
nonl i near $ueIEes dH2asladasar spect Jaitener 540 configured to perform a whitening

operation on the downsampled signal. Spectral flattener 540 may be configured to
perform a fixed whitening operation or to perform an adaptive whitening operation. 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.

[000125]Highband excitation generator A300 may be implemented to output
harmonically extended signal S$160 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.



is likely to have a pronounced dropoff in anplitude as frequency increases.
Spectral extender A402 includes a spectral flattener 540 configured to
performa whitenin operation on the downsanpl ed signal. Spectral

flattener ‘3960%9”2819 configured to performa fixed whiRE@HINAYOHBALi on or
to performan adaptive whitening operapion. In a particular exanple of
adaptive whitening, spectral flattener 540 includes an LPC analysis nodul e

conf i gur ed0001 26 HHirabddirhent@insitie fiplémentatdidnk behighamtifek citioh gefdract A
downsanpl ed si gnal. anglE a fourth-order anal ég{l}a&;fl |ter configured to whiten

the si gnalMatZEcORERHEY o HbERON Ry e tangsit e witha paise sigadli dis of

spectrum ¥ M0 11 | ' ' [ : flattener
540 operat% }e% gﬁﬂflhe spé%thrlf%lb%gﬁe}%g?gdr? eg@lrsa{iogﬁ'gim @gﬂ%&i@g@%é@%ﬁa}to& 530.

[ 000125] Hidgh itkzat & contgured togmodysa e ratdom iB@Gignaly Thene epdneplembisd t o out put
har noni cal | etxé\g@jed %'é%%nalt 5160 as h%rghband Ci ta&i on, signal 5120. In
some case<STICTASHASES COTTURET (BRSNS APIRSAT LT POeRseRtioranion g‘h‘%ﬁ as the
hi ghband el althcvigh iatherifHlénientafiofutle Bbiee apidl hewitror bd haith asdm@ay C

structure of speech is %ener ally less praonounced in the highband than in
the | ow baA¥e 2 Beverfepsy hayarsschthEpgusase It mey be denirable Aonnedsergepsipand

excitati Omséit&%&orﬁi%ﬂreﬁ?éb‘ﬁt utitﬁb Roifg Sl?ﬁﬁﬁ%&%@%tﬁ: fihdtohdGin th be

especially noticeabl"e 1 n speech signa e speakers.
2006/ 130221ty bSAqieied 2284 decdder] (00428 plEmbivel gererdtsr 480ahayde

i npl ement at i ons hi ghhand. excitation gener.ator .A300 _that ar onfi gured
o i harRBaREa (o B deie S 2R sg SRR Ferier SentgRio et ehown | n
FI GURE 11,cahief Mpidh€ e fadnhe) Buhen elict @fo whadiPfilidr htadR feraSArsifbrgener at or
480 that is configured to produce a random noi se signal. In one exanple,

noi se gerf@feded maegband exeitatioy gt 8- produce a unit-variance white
pseudor andom noi se signal, although in other inplenentations the noise

si gnal neq@pd¥2y]BGotbking AR WRY harlRYRafly BAUREd sligﬂaaisqm,tth@;an&&ﬁ ngRe Wi th
frequency. It nmaybe desirable for noise generator 480 to be configured to

out put t hevigrel prederied b noias generksorelBhimrdydiei amplitnde tnhastlagadcth haveat tilmes st at e

may be duplicated at Lhe decoder.. Faor ex le. nois enerat or 480 may be
Cont 1 our omonttffvefpe AR EEs 1k B f ARl Ryt R R and of

i nf or mat i GRer@DSEY highBid seinal$30) hirrdviteing ak@tafi s Eignal S80,or dsmmidiecanar r owband
filter parameters S40 and/or encoded narrowband excitation si gs%al 550.

[ 000127] Berésmdedigng ShU ebp showR im EIHPRE d 44 highband exrifetiosgggmtord3Pgo, the

random noi;58ydes a combiner 470 configured to amplitude-modulate the noise signal produced by
noise generator 480 according to a time-domain envelope calculated by envelope
calculator 460. For example, combiner 470 may be implemented as a multiplier
arranged to scale the output of noise generator 480 according to the time-domain
envelope calculated by envelope calculator 460 to produce modulated noise signal

S170.

[000128]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 S160. In an 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 $160 according to

locations of the narrowband pitch pulses in time.



si gnal produced by noi se generator 480 may be anplitude-nodul ated to have a
ti me- donai n envel ope that approximates the energy distribution over tine
of narrowband signal S20, highband signal 530, narrowband excitation.

si gnal S80 or harnonically extended signal S160. As shown in FI GURE 11,

hi ghband YRS BA generator A302 includes a combi nerPCAAG2WEAIRHur ed t o
anpl i tude-nodul ate the noi se signal pnBoduced by noise generator 480
according to a tinme-domain envel ope cal cul ated by envel ope cal cul ator 460.
For exanpl[@01eo}Hnvalepe 4ddCulimayddfemaynisd @mpdred tegser ormsh tehpdlo@rcalcaratiamged t o

I th t f j 4 tqg the ti -d i
envel ope. cabebt drbinayeen oo e bk eO RO 5 tsaut HhR at ed noi se
si gnal Slmamglkm@@aﬁluch@ (&R, Ismlaemfoa.falcqme@%%qgﬁmfw 9&89%5!&! R¥§eat i on

generator A302, as shown in the block diagram of° FI GURE 13, envel ope
cal cul at orfraggpfitee signahwhese etntﬁel@eﬁ i6 t0 be moddled (feraxemplsenastovtiandoni cal | y

ext ended s | hband exci.t ati on
gener at or k%g% ongéggl Soslv(\)/r?) riﬂ%qn Ca ?‘é E&I&d %T‘Qen%? ?{leélﬁh’% ?ﬁ que]i'—:cr?voefl ope
cal cul at orsqédséd vauasl ISab@sidT120 peafoaid adrRodthiag epoareticmns thé sdﬁlaér[cﬁwband

excitation nal 580. Further | enent atj ons. of hi ghband excitation
gener at or Sﬂ%%‘gﬁaé‘fﬁsbe“ ORf M%@bg%ﬁfl 1 40 PRRbiet 8 TiaRierdes IRdovpass AME0NI cal |y

ext ended qhgg%helégggbd%g RO dr&siohocat i ons of the narrowband pitch pul ses
in time. WO 2006/ 130221 CTI US 0061012234 30 [000129] Envel ope cal cul at or

460 may be configured to performan envel ope cal culation as a task that
i ncludes a series of subta$iss @RrRGUEE 430shbws a fowchart of an exanple
T100 of such a task. Subtask T110 cal cul ates the square of each sanple of

the frane of th velope is t0 b node f.or. exanpl e,

nar r owband"heesct e i BedeEp R, hivd Cuf FoPReinfn il isfar B160) to
produce a sapR@theiCéeficient HiaiEalvalad bigSeenIUDhRBK Tﬂ&ﬂtn&eff&mmoauﬁggoot hi ng
operation on the sequence of squared val ues. In one exa ask T120

appl i es a Peifigientbe gy bpfixedbgpica altemadye Wlemqﬁ’éa%’écﬂ}@h% rEgEtéY?r ding to the
expr essi Orltcé’c(r&)né%(ﬁxpy)nﬁ{cgtﬁéﬂ Hefdisddn HpuY"%} {i(zﬁ s’ﬁch fhat B8 didski @11 ih rﬁ&ut y is

the filter outplit, nis a tine-domainin als a snoothing
coeffici erﬂbsdmaevoﬁg)laz andlclcmefdeﬂ\ﬁeemhe(prﬁseancecbfltms?ehéubtadlﬂiélS@fappliﬁe as nmoot hi ng
ggg{o{ : \(ileer})tqugre roo¥ funct1on %(o each samplen of e smo«ﬁﬁé‘da te'qﬁ/eencé ey pl’rggﬁac ]%tdneen may be

domain envelope.

[000130]Such an implementation of envelope calculator 460 may be configured to
perform the various subtasks of task T100 in serial and/or paralle] fashion. In further
implementations of task 17100, 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 klz.

[000131]Combiner 490 is configured to mix harmonically extended signal S160 and
modulated noise signal S170 to produce highband excitation signal S120.
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.



according to an indication of noise in the input signal, such that ais
closer to 1 in the absence of noise and closer to 0.5 in the presence of
noi se. Subtask T130 applies a square root function to each sanple of the
snoot hed s&®UMHEBEM produce the tine- domai n envel ope. pCOROHBI12B4Cch an

i npl enentati on of envel ope cal cul ator §p0 may be configured to performthe
various subtasks of task TWO in serial “and/or parallel fashion. In further

i mpl ement atdﬂ@%ﬁfll] G 16/s30s a%?&ﬁt?ﬁ%a}éép%nﬁgélé?ﬁenpart%ﬁ 9:?? gtl“qcpog‘x%b? bandpass

operation "co gured to select a uency por e si gnal
whose envel¥pibaiis confignecd twrediehlet highbaid asitbtive signab®1 20f as 3-whi kit su0e0131]

Conbi 490 i s, fi d t i h i |1 t d signal 5160 d
modul at ed ROMOBeER bt pighflcs T6D ot B0 R BN B3 A oS 8120,
| mpl ement atéf@sreafio GRipat Hﬁ‘hoﬂﬂ@]lﬁ'@&er{ﬁ@d ggﬁﬁﬂs@@@ %orcfhg% oranRlie. to

cal cul ate highband excitation signal S120 as a sum harmoni cal l'y
ext ended sgigalinsipsor §A%), torydighbmediiated susessignahb 1 W1aeoordidgdh neise

i npl enent at,j . K ger 0] onf. |_cul at e.hi ghband
excitati on%%&%% faggggk)%gné%v%{@%%l lgggbz'l:nurﬁl‘:l I;t/agl{gég%%l(r)lsgﬁegs \E}\é]iuﬁﬁf 'mg factor

t o har noni eaightedsighelsdBdthéd axampleSdditbirarddD includesr® digi ghitigglfaooi SAculsbgnal S170
before the mmat i on, Each such wei ghting factor maybe cal cul at ed

accordi ng tsgdj@ﬁtés B?HI}%?F%I t@FP]F@F‘W&]"‘E{%WI‘PT‘H%@E@‘E’&&‘FW%EVJSW@@ISB pweighting

al ternati vel.yr sqwp adaptive value that is calculated on a frane-by-frane or

subfranme- by- subframe basis. WO 2006/ 130221 PCTI US20061012234 31 [000132]
FI GURE 16 shows a bl ock di agram of an in]gl ementation 492 of conbiner 490

that is coH0LIrighsingpcien atcalar SAbadl begenfiearadon calryagiveaiozas a
wei ghted s og%%éb%ﬁ%gggaééo}‘diﬁ {o%f}féﬁgedélag@é% haﬁ%ﬁ%e%@ﬂcﬁ%’ H&i?xf §ludip! se
I ner I'S 0 welg

signal 5170. configure harnoni cal'ly extended
si gnal S166n gltand bxtation signahShEe Merieghtplagt may bodesiallo fortcombiriegh®2

nodul at ed noi se signal S170 accor dj t 0, noi se. i ghting factor  S190, and
Lo output F ERGRATEREn Seabras Ear 8 o bt i B SPon aneriik kgt
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narrowband residual signal, such as pitch gain and/or speech mode. Such an
implementation of weighting factor calculator 550 may be configured to assign a value
to harmonic weighting factor S180 that is proportional to the pitch gain, for example,
and/or to assign a higher value to noise weighting factor S190 for unvoiced speech

signals than for voiced speech signals.

[000134]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.

[000135]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



i n highband excitation signal S 120. For exanple, it may be desirable for
conbi ner 492 to produce highband excitation signal S120 to have a ratio of
har moni ¢ ener to noise energy simlar to that of highband signal 530. In
sone i npl eWQrfﬁa[:f’ﬂi:‘Wé of weighting factor cal cul ator S55ET/NEIGHIIAY factors
5180, S190 are calcul ated according toypne or nore paraneters relating to
a periodicity of narrowband signal S20 or of the narrowband residual

signal, susheassiRidsCh SakOs@RIMY LSRRGSR AR idedYHD a3 mbrB SHEALAL | on of
wei ghting factor cal cul ator 550 maybe configured to assign a val ue’ to
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cal cul ate val ues for harnonic weighting factor S 180 and/or noi se wei ghting
factor S196°T°&EBRFYi ng to a neasure of periodicity of highband signal S30.
In one such exanple, weighting factor cal cul ator 550 cal cul ates harnonic

wei ghti ng {6ue18¢] il §QomPsthdiCa dBMYEI IV bR 1Eted iAg el €l ation
coefficient ofgﬂi ghba(r)ld siégyrelal Sgéo for 1t he cur?egfa@%lagre eor subfrane,
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17 shows an ex a“search range o €S that is
cent er ed alo#d asahe cletedyiontcocttieiept beteehaly @ipindh &dama and dictoptiaiallgddagedr t han
one pitch lLag. [000135]FlI GURE 17 al so_shows an e | e .of anot her approach
in which wé tif_h@ urtﬁ%&"&@ﬁ&é%&ﬂl&t“ag Tises CRGMAEF At be e e Bmens
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sever al stage_s. In a first stage, the current frame is divided into a
number of ¢blsinedindbe firshstaga fos caphl subfrares. Nuplerpentationsiof weishting fagtoron
coefficient i ' 1S, . denti f i - rame. As
ment i oned %ﬁ%@%@%@@u@%oc%er éra({eﬂltﬁgp Llleggo ?Céﬁg%g ‘?O(E)Ir%%lgL %é?/fgl?l{égt’ gﬁeéggrrct range that
i ncl udes acaobiay itefithcmethpt v4ile, kacalande deeslua Gér hanabdniceephded fayioof  zero
sanpl es. [00&}36] In a second stage, a delayed frame is constructed by

appl yi ng t Ré corresponding identified delay to each subfrane,
concatenating the resulting subfranes to construct an optinally del ayed

frame, and[gmhisniahiykk Rak4DO dr Weeihahg t0er taslifor 55018Qara1atd ¥emeRke! at i on

coefficient between'the original frame and the optinmally del ayed
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 operation 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.

[000138] 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



frame. In a further alternative, weighting factor cal cul ator 550 cal cul ates
harnonic weighting factor S 180 as an average of the maxi mum

autocorrel ation coefficients obtained in the first stage for each
subframe. YRFPUAENEhti ons of weighting factor cal cul atR§T/EBM6MEE234] so be
configured to scale the correlation cogfficient, and/or to conbine it with
anot her value, to calculate the value Tor harnonic weighting factor 5180.

[ 0001. 37] | i Le.f i.ghti actor calcul ator 550 to
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pitch gain, and a threshold value. In one exanple, weighting factor
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hi ghband signal S30 only if the frane's pitch gain (e.g., the adaptive

codebook ggi e i I than 0.5
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exanpl e, stebdaand/opdeecduntimtdloatingys vatue foondpegpbrmodd prasaergn a hi gher val ue
to noise gain factor S190 for speech signals having a WD 2006/ 130221

PCT/ US2006 4 33 |ar pitch lag than for speech.signals having a
oral | o t HODEQTE mrdrPifiefiof Fihp@i el Bimb s Psict g AGEFat or

cal cul at or higBnil Sx&@nbi ﬂ%ﬁ&@lh@s&ﬂ&l@a& MeRBerdy BEMS Bk tatioh sfgasinpni ci ty of
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for the other weighting factor according to an expression such as
(Wharmanic )2 + (an'je )2 = ]" (2)

where W, denotes noise

harmonic

denotes harmonic weighting factor S180 and W,

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



the frame is harnonic or nonharnonic) based on the pitch gain and/or
another nmeasure of periodicity or harnonicity as described herein. In one
exanpl e, a corresponding w deband speech decoder B 100 uses this

i ndi cat i onwpow?fé'ﬁgﬁzbure an operation such as wei ghti ngPGHER2806/0828¢€ul at i on.
I n anot her exanple, such an indicationgys used at the encoder and/or
decoder in calculating a value for a speech node paraneter. [000140]1t may

be desi rabla@ccfr&ﬁgl&! QH&ﬁQ@b%éﬁhe;@&'g?tﬁheg%meﬁ% (ﬁi%% yttheg at I1%¥a?816?)' ghband

excitation signa such t hat nergy e’ excl n signal is
subst ant i alang medulatedwoisd sigpaltt@Opar ti cul ar val ues of weighting factors 5180
and 5190. In such case, wei ghtl ng factor cal culator 550 may be configured

to cal cul at o ti ng factor S180 _or f se
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anong a pl alr fact S.180 190, where the
pairs are %r ecatbgtt ecfefo u%oé]t%*g% ﬁ%ctwﬁh eSef’naétrltl ts??ﬁyi%’(? &h as
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whi ch expression (2) is observed, typical values for harnonic weighting
fromapout 0.7 to about_1.0, and typical values for
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170. [00014 ccurin esuze speech signal” when a
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to calculate the quantized repre of the residu debook
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quasi -periodic in tine and occur nostly above ecause the human
produced by spectrum extender A400. FIGURE 20 shows a block diagram of an
implementation A316 of highband excitation generator A302 that includes an anti-
sparseness filter 600 arranged to filter the output of combiner 490 to produce highband
excitation signal 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.

[000143] 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



ear has better tinme resolution at higher frequencies, these artifacts my
be nore noticeable in the highband. [000142] Enbodi ments include

i npl enent at | ons of highband excitation generator A300 that are configured
to perform QA A4B% seness filtering. FIGURE 18 shows &BiYW5EROHEHgr am of
an i npl enentati on A312 of hi ghband excn§ati on generator A302 that includes
an anti-sparseness filter 600 arranged to filter the dequantized narrowband

exci tati on tsd fileadd s@gr@dm(iﬁdaﬁﬂGmMﬁélﬁﬂ & 3R bh SlanfhRS) anfiksfidaekIghows a
bl ock dlagran1of an i npl ement ati on A 14 of hi ghband excitati on generat or

A302 that I sreedss a8 atliPassfaics bawuaga fransferfustion apqosdipstp the fallowing t he
spectrall ye%&% nged signal  produced by spectrum extender A400. FI GURE 20
shows a bl oc lagram of an inplenentation A316 of highband excitation
generator A302 that includes an anti- sparseness filter 600 arranged to
filter the output of conblge 49@rxezﬁromegg “hi ghband excitation signal
5120. O course, inplenent {thon = ‘Wy{_exmt ion generator A300

t hat conbi ne the features of any “of |an enentati ons A304 and A306 with the
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spectral tr nsl ati on, ni ¢ extension, [000Q143] Anti-sparseness filter
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arranged such that the ase of “'hi ghband excitation signal 5120 is
r andoni zed exgtatlomh#sdpw—mnm@u@vm lydead@hmemdefmbatlowmytcam noisinessay al so
be de5|rabl f.or the
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PC17USZOOGIﬂfbiZRr%meB&ghﬂ@arid ﬂot;ﬁﬁﬂ Ik vored SignappitReitabbiptighanged. I n
one exanple, anti-sparseness filter 600 is inplenented as an all-pass
filter havilYnyoied ?Igw’é% HE ChUALETESH bY @OV @iteiygain (& avimized Ry baad pr essi on:

H(z) 0.7+z- aﬂaﬁrv@ tgde‘éoélg’éa:m) ahd & sE@ctr%l t:h'f'@z. @ ﬁugmzed first reflection coefficient)

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.

[000145] 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.



One effect of such a filter may be to spread out the energy of the input
signal so that it is no longer concentrated in only a fem/sanples

[ 000144] s _caused by codebook sparseness are usua

noti ceabl € b&&%ﬁgzék li ke signals, where the residual @ﬁ%ﬂ@@Lyﬁbs pi t ch
information, and also for speech in bagkground noi se. Sparseness typically
causes fewer artifacts in cases where the excitation has long-term

structure, [080d46)¥de Muf)ﬂt@&@rdﬂiﬁdlcfﬂ SFalid BodBaYpEsRH SRnAQit PhayeHlesitapleviol ced
signals. Thus it may i?s jrable to configure anti-sparseness filter 600
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highband signal S130) 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.

[000148] 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 $30 and
synthesized highband signal $130. Tasks 220a and 220b calculate the energies of the
corresponding subframes of tl"le 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



S60a, hi ghband encoder A200 may be configured to characterize hi ghband
signal S30 by specifying a tenporal or gain envel ope. As shown in FI GURE
10, hi ghband encoder A202 includes a highband gain factgqr | cul at or A230
that is conPPYf'dd*and arranged to calcul ate one or W%Fg'/l&g&ﬁ’%ﬁég ors
according to a relation between hi ghbasd signal S30 and synthesized

hi ghband signal S 130, such as a difference or ratio between the energies
of the two asitgrahse moeof the tatmne tioy ensyyef highbareinsignab S B®fo. the Bneddsher

i mpl ement ati ops. of . hi ghband der A202,_ hi ghband gain cal cul ator A230 may
be 1ikewi §¥nt€%§ﬁf’fial€:hgﬂ" nagg‘ﬁ&‘b‘@&lﬁ'ieﬁg fe8Rf t 0 cal cul ate the gain envel ope
according to such a tine-varying relation between highband signal S30 and
nar r owband [6001491at m@Nbe SdsHARAL (RFHgidhnd g AhPRRE caxghbARDRIN (Shtdatig R 0.
[000147] The tenporal envel opes of narrowband excitation signal S80 and
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hi ghband exizsk E2iSenpgliggratin@owiag farctisy it Higthazé signdliS§dpadaskitad S130) wil |
generally be nore efficient. than encodi .a .gai.n envel based only on

hi ghband si2gpEs thesgme vjn WW%?‘H’&F%WP’B e&?“il@ﬁ?n ?%‘T‘ngﬁao'gncoder A202 is
confi gur ed rin@legiéhiatibnsP 208 and bZRCbiitieX208fan8 DO cal @dvBle\eBeich Bf thpat
specifies five gain factors for each frame. [000148] H ghband gai n factor

cal cul at or '#Pedivawindsevse gk laguF &P calsulstes papim fadpifor thgsvbltaraisdhe ati on as a
task that isﬁx?iré’ﬂ)%?oﬂﬂ ra(?{?zcggieeefnﬁ iéses of subtasks. FIGQJRE 21 shows a
o)

fl omchart of an exanple ch a task that cal culates a gain val ue
for a correspondi ng subframe according to the relative energies of
hi ghband sil#{E501830anbeldesgygbit tesppted witidgivirgfdnaiog tizdt o84 BPs adjagks 220a and

220b cal cul h i f. th . di bf £, th
espect 1 ve S g ForantEe aptiado fing BReGSRR Hnd Estin FRER AR IHY gur ed 10

cal cul at e thiepgitdri@yn aferRpdifahichheay3glpe eadued of Hv@iddRaneauitf betwien
respective sugfrarre. Task T230 calculates a gain factor for the subfranme as
the squar e Suplgspesofn prseexamplep highband el féﬁ@fr@?f@kaﬁorwwﬁﬁ SOTHIgRHIlR AP ksk T230

cal cul ates J{ Lk 2508/ : g%ﬁ%o B2 AdvindAy @S the
squar e root g@e% }Ng@g@% M?ﬁe enégr%g@%lﬁlﬁi g anélglsi gnaﬁéség to the energy
of  synt hesivedaps kadphifaimetve agijeskntSuliftOnas\bgront hellisedofid aHETURBABU #@vs| t may be
desirabl e for, B REAR AN Bad ik Rincil £l F il BRORrass SPRSA-00" o

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.

[000151] 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



to cal cul ate the subfranme energies according to a wi ndow ng function.
FI GURE 22 shows a flowchart of such an inplenentation T210 of gain factor
cal cul ati task T200. ' Task T215a applies a wi ndowi ng function to
hi ghband 2‘?8&@165&%1 and task T215b applies the sane aﬁcﬂﬂ%ﬁ%’?“ﬁ@”ﬂ%cti on to
synt hesi zed hi ghband signal 5130. |npBenentations 222a and 222b of tasks
220a and 220b cal cul ate the energies of the respective w ndows, and task
T230 cal cumpleegnatigasihiglamhd paiheealchlber 0B teeresoafigtieé to prgtarea r oot of the
ratio of the energies. [000150] Jt be desirable to apply a w ndow ng
function tcl‘ﬁ‘fre’?f |f3‘ﬁgff£faf%iléﬁ%lpfe§£g?%glﬁes_ For exanple, a wi ndowi ng
function that produces gain factors which may be applied in an overl ap-add
fashi on YOI IFIGORFEHUGOWRM bRERIdthofHnS SOMplniant4ieh W2en of Ridhbdmanes. |In
one exanpl e, hi ghband gal n factor cal culator A230 is configured to apply a
g

t r apezoi daecegend - ddishbandtdesedenB2¢hiaahdes nghtbang epgigtion gengriterB30Ae wi ndow

over | aps ] - = Te 14 L FI GURE 23b
Shovs ' T nopiiEa i ot b SRl ARl s CRR R o EERRENa 1
subf r anes atitaiof GignaliJ80I Pepanting omtie partliarsystoml derignichsicansighfantii ghband

ain factor cal cul ator 0 . be configured to a wi ndowi ng functions
ORI 7y B IR L R LR T SO b e L
rect angul aj higdna dxeatididendraitr RG0S YH¥BIIHeS Bbre TydRUMYRLS dGRhbleid 1S al so

possible for an inplenmentati on of highband gain factor” cal culator A230 to
be confi gumelemest kipitiapd grdifagpe aenedtor thdvgiles saoresresponst 4sitky ent

subfranmes W, hi L f L Ncl I anmes_of

di fferent %%g%%%ﬂltgt{%f%%% {lﬁ%{ﬁhﬁﬁd’ﬁ% ?gqelg §1F]fh@§> ﬁ}éégﬁ 13??%{}&5%@' Stvrelilr ues are
present ed B awsk anpdelsantilecodeaBl LT wilbypicalp] mrfont aleqeintzatidn 0 encpaal frane i s
assuned for these cases, alt any  other duration nmay be used, For a
hi ghband g}_ﬁgﬁygar@aw%@?aﬂgnﬁp %F%ﬁ%ﬁ Y Pgeaiea  Enbae S IWLENGTRIOE ych
frame is dg3ooded HeGh@lefrﬂe\ﬁ%dftH@cé@@ﬁﬁrﬁbaﬁ&]eﬁéita{i&[‘ﬂgﬁhl S88ERm subframe will
have 28 sanples,” and the wi ndow as shown in FIGJURE 23a will be 42 sanples
wi de. For mrhivhimsadedodsir $Aa0 andmsedt iaclude aHayeremquinfizeagenfigueedité 0 sanpl es.
if such franme..is divided into.fjve.subfr f ual . th, each

subf rame vl @oad Bl Sl B AP BRI cume 232 wil)
be 48 sanplagswhbbrdiedechder Bi1NG ko bd iffplematidas inehsle af ultamas bemtidpadenessv dt h may
be used, and it is even possible for an WD 2006/ 130221 PCT/ US20061012234
38 i npl endiicatPQaraneediofiisathe dranantised nagoypand astatiqnsigal bdpmrilgar ed to

produce a

input to a narrowband synthesis filter such as filter 330.

[000153]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 LSFs into a set of filter coefficients (for example, as
described above with reference to inverse quantizer 240 and transform 250 of
narrowband encoder A122). In other implementations, as mentioned above, different
coefficient sets (e.g., cepstral coefficients) and/or 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.

[000154] 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



different gain factor for each sanple of a frame. [000152] FI GURE 24 shows
a bl ock diagram of an inplenentati on B202 of hi ghband decoder B200.

Hi ghband decoder B202 i ncludes a highband excitation generator B300 that
i s confi guMeHW@IIPIBduce hi ghband excitation signal Sl2BChusmes/@eR34
narrowband excitation signal S80. Depgnding on the particular system
desi gn choi ces, highband excitation generator B300 may be inpl enent ed

accordi ng ; f j t.ati i ci{atli er at or
7300 a5 denar PRY R blfich COMEIRAL Al Afkea ¥, a OISR B A B RSE o
exci t at i onthgeyndhesized higBbandt stgrabipeproduec bighbandeignehSk0aFot heaselin ghisAnd
excitationggenerat or of. the highband,encoder of the rticular coding
oystem  BBESOSENn g dPcts SORRR ST T AT O BS £ 1R v-ef

dequant i zagle@entab0 eag osidete 108t conipand (6 %1y el famh BbeRab t1BH8spehpiever, in
nost cases highband excitation generator B300 rmay be inplenented to

recei ve natubHaBehaowilly eecerding WagHiatovwsee fumchm thabmep ke isdameevdler B110 and

need not | i . 1 £ ’ tize encoded
nar ronbande s st el 48R R by S U ARUBR e, ARINAR gD LG
decoder Bldlcuabory&230hpf reotrespotding highkad eacvden shatiee iroplemadtaticpaf seness
filter 600, arranged .t | ter the dequantijzed narro nd excitation signal
before i ¢ bEhbdf BiodbERI07, ki siplE GEORL IS SRRy SRRl Tl L or 330,
[000153] | néﬁ%g@d Ristesat ﬂ'ozagmyiﬁ@déc%%aﬁ&ea b8l FRErS B Heowdahd ZRiidahaad filter
paraneters SoOa (in this exanple, to a set of LSFs), and LSF-to-LP filter

coef f i ci en8Q erdpbigbbandzroitatios stzwakS1glr ed to transformthe LSFs into a set
of filter coefficients (for exanple, as described above with reference to

nverse dupbigghs &G shi ANRTRE 2Rl 1o BBLLANDANG: SACRARE Al22). In

ot her inplenentations, as nention ove, erent coe Ient sets
(e.g., cepsighlzandeco@idén aidénghbpnddetbder (egebf nsingdéquartred yelnbsdurings (e. g. ,

| SPs) may be _.use Hi_ghband, synthesis filter B200..is configured to produce
2 oyht hes) FRGAMRY GTBAHAPS, Btk A ATOAG 2T GORIBE SeUHE B on i gnal S
120 and t hgnseher@dtiohitd bire 100 efrhd Gite RirTorrEPbnding HsibeE fanefitoMlindigivasd hi ghband
encoder includes a synthesis filter (e.g., as I n the exanple of encoder

A202 descr piseaticagspettory A30fanddE30§e §pr exismple; bighbang| cxpisatton Bergidaisd synt hesi s
filter B20 t ti
o P2 0R AP POl 8o IS RaRASEn B ol i By ol AESEBTorfTCL T O

i nver se quasitd geaerafoB G cdadrivgnistecfuhaiondé gfamiatioe ahealy ladw vgigiinm teaehor s S60b,
and a gain conEroI el egen& ) 903§e. 9 fo WO 2006/ }11302 1 PCT/ U§2 06/ 012234
frame (e.g., narrowband filter parameters S40 or a portion thereof and/or encode

narrowband excitation signal S50 or a portion thereof).

[000156] 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.

[000157] 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



39 nultiplier or anplifier) configured and arranged to apply the
dequanti zed gain factors to the synthesized highband signal to produce

hi ghband sj gal ghz%oo. For a case in which the gain envelope of a frame is
speci fi ed ‘%@ W5 han one gain factor, gain control &AM BE Y my

include logic configured to apply the48ain factors to the respective
subfranes, possibly according to a wi ndowing function that may be the sane
or a dif fsgnammayinplddarisgdingmd thispitchstragipiciasepriipg 4o gaiodelodllongHtator (e. g. ,

hi ghband %h&i%iﬁﬂsoﬁé@%?{e%gﬁ%gn%ﬁd@%ng&rﬁ’@%%%?g%ogg&hi ghband encoder. In

ot her i nmplenen gcoder arn control elenent 590
is simlarly configured but is arranged instead to apply the dequantized
gai n f act dP@0168] Tha pitcwktarture ot ot atuabresslugirsignal 1880na@rmdich thi gldaticliyexci t ati on

signal S120.,1000155] As nt . one bove, it. be desirable to obtain the
sane stat én?cﬁ{ ?ﬁ?&t}y'ﬁéﬁﬁﬁgﬁnﬁlee gaﬁ&u%ggﬁaw%wgﬁ!\ée 5%‘813&3?”_3 (Mg, by using
dequant i zeelgi@lty 65the Wdafighs TAROSlicA Phises] Blieh thdt tHERNstRRedlB&vE@NuedsAva codi ng
system according to such an inplenentation to ensure the sanme state for

cor r esponditi PRBsdR 2 GaAerase BetexpgilyieneH Baddie sEueiieds N uie rrerke oFkesA300 and
B300. For iﬁé%jril@jtgs tegh%'p-ﬂpge &f&ﬁl&téﬁéiﬂ{&yge”er ators A300 and B300 of such an

i npl enment at | may be conti gured suc hat the state of the noise
generator is a determnistic function of information already coded within
the sane [POHER]Somegmplenaantasinhaipfchafrovband epapdendil 89 sreSeofigureditopor t i on

t her eof and/Qr._enc d . narrowband excitatign. signgl .S or_a .portion

t hereof). p?ﬁfgmgéﬁgggﬁga%orn O%g%plgcg SEAe uratl'f rEfPIISl %12593 apt Vg(%él}eewr%ﬁg% Yescri bed
her ei n ( e.the tesiqua beforesr du2idg quéDati@r, odB0gtherayschirclading bgadaptvd wmper f orm
classified vector quantization. For xanpl e, such a quantizer may be

conf i gur edV4Bin8 &} BE £neoded Ercitaliantigny- FR 2 HBBk <68 2R 6o085T T Wt nt | on ¢ hat

has al r eadynharel ©QerRet WMokiirRist BRcAREE dEEBEB! Witpinden Bak(@¥oaRdrdishannel
and/ or in the highband channel. Such a technique typically provides

i ncreased to eariprgore priceptanlcyeightingliad/exgremseiniotizaipdicrifesiaasuch dee ok st or age.
[000157] B suﬂlm %lﬁa%a?ﬂn %&Xleop\efé\&aﬁy%?sftﬁé ﬁ{aﬁéﬁ otf?dng?tegn Perﬁ)ld%{ S 8 and 9, a
e eritodic’s

consi dera nount™ o ructure may°renmatn 1n the residual

si gnal af tRypulagipamioalof pftct fitictitORPBHoBRdbY aalbenvECERR efidodens daladowband
speech signal 520, For exanple, the residual signal may contain a sequence

of roughl yR§yERIeY-edefitcated LeashpgighondREELE) ARFOISch  structure, which is

typically related to pitch, is especially likely to occur in voiced speech
f'e g PS{J; i GabEshpAL ROELP cacstéaRtimeMy B8Rl @SQNL e e toRewAsmgavhand
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.

[000161] 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



WD 2006/ 130221 PC 1YUS2006/ 012234 40 signal may include encoding of this
pitch structure according to a nodel of long-term periodicity as

repr esent exanpl e, one or nore codebooks. |tch
structurng?géﬁﬂgg uaI resi dual signal may not natch t g%gg(m‘ﬂﬁ%ity nodel
exactly. For exanple, the residual sighal may include small jitters in the
regularity of the |ocations of the pitch pul ses, such that the distances
bet ween s@é@é&%gﬂﬁéthupﬁ‘@hlti)@i?§@§3 yayiag ielanihanwes moludekincht gncededal and t he

ot 11 oncy CPBObYEHY & AR T PN b R EE bR, " Ri20 aro.

conf i gur edegutarizgtemf apnonngs 1Bagnﬂmttedzmtthmtcoder1 he pitch structure by applying
an adaptive tine vvarpi ng to the residual before or during quantization, or

e SR LGl e B

ot her wi se@@ioew 1 eo@ngig@ﬁmmemgmmgpmmabtmms BeostsaERNEbMEg t0 one or
wei ghting and/or error mnjmzation criteria) such that the

nore perceptu

resulting® E@@ﬁ“@&tﬁeﬁﬁag)’ YraputgsneraEng atifpcts.sItimay heglgairably tojpgem er m

peri odi ci I t ubset of
CELP encofﬂ% éanca e(gﬂg, é‘i‘fﬂg@g% {i?%tn;Ré hggb(%x%)?g{#ﬁﬁi’r@grgﬁ edéﬁg(?qag)m%if{CELP)
encoders. @@@@rﬁﬂ]gm RGELPodp dwdeirames dryﬁvfwﬂldsyiamgfailglg—tedn stougpee,f orm t he
time warping as _an t ve tine i S ti hift may be a delay
rangi ng fisg(%aﬁvf)g\%i Phgfl %é%aricfé’en]ﬁe %ﬁ’tr‘iﬂi}fémtpﬁrfgr’?é%ﬁﬁrizﬁl%‘g&% positive,
and it is sulstridds Yhav afcheid psiaR phillsé dhekey. axe@iogs indilethétaicik aﬁRGELPUb&m@s I'n
some inplenentations, such an encoder is configured to ap t he

regul ari 244 dssenited in HiS Eath Nes- D 00h Klghiestail hanskoR 7S, ?%ag}a@ubf rane is
var ped by @s.%i.p@}gghgi Q@oifbmss 5 (KBSt by, EiLafk RRPIchERGASRAEAl | ons, L he

encoder is confi to apply the reguldrizati S a continuous war pi ng
functi on, REEIP doderts iwcluderthcrﬁnlmncah‘éiﬁazbhd{eitsCmdacr{Em;:ur@sm@edm a pitch

Cone 1 b o HeRRomunEgtichs RocRhy WiRlc bR g 25 a B T e ARG adiion , 2°

confi QUFed’aﬁ@erkiﬁﬁl’ttﬁ&t@(QGPPZ)V&[d@taBEM(BHet\V&OQé}C(SK}M excitation signal by
applying the shift to a perceptually weighted input signal that is used to

cal cul ate ncoded excitation signal. [000161] The encaoder cal cul ates an

encoded ei@‘?@ﬁﬁ%"%‘i‘@% TegIATIZALON TR 4G g@@le@ﬁgor Hlidpbandapeechng t he
decoder deguant WhRA thd¥ ghinAded b ¥t s\l Qtroth BR¥ncdRd HkB PardD

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.

[000164] 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.

[000165] The misalignment in time may also cause inefficiencies in gain envelope

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



excitation signal that is used to synthesize the decoded speech signal. The
decoded WO 2006/ 130221 PCT/ US2006/ 012234 41 output signal thus exhibits

t he sane va{) |n§ delay that was included in the encoded excitation signal
by the regl é‘?qﬁ Hton. Typically, no information speci fRETAH2Q0RE12234

regul ari zation anounts is transmtted4to the decoder. [000162]

Regul ari zation tends to make the residual signal easier to encode, which

i nproves thelges nﬁgargmh?mﬂ efditatibiesi o 80 aidhigiitedd eigasl S30d Bylmsodagost s

overal | COdI L’P ﬁ{r?]c ener al l W { hout generating artifacts. It may
be desi ralﬁl?eeg CyE )r{’égj‘gf‘“a@rﬁ‘%’é‘ SRR ) agplatorbrtweqnibgsedve voi ced. For
exanmpl e, RaffpMRaAR o C%Ereﬁ%%ﬁcod@efﬁ@ieﬁ@%h% fdited a§ Qﬂnjﬁ ar@lloy those

frames or i{)f ranes lﬁégw ng a long-term structure, such %/m ced signals.
It may ev@ncqwgdbggmamelew Cbmti)OrWhme@abmadzénmwhmdqumnmsugdal @res t hat

i ncl ude pi ener Var |.ous | t4,0n P .COdI ng are
descri bed %%@38%%& At & Corrg{ab%fnﬁbgy q%n%fdé]i Sg'jgﬂa}?a B W 955 (Rao)
and in Ub&weBiaharrdWiind ektibion 8igRA /580 982Hphara KRSk ﬁO@é}bGauﬁxl sting

i npl ement ati ons of RCELP coders include the Enhanced Variabl e Rate Codec

(EVRO), adliguaismspeapnear inhighbawheaimfactkrs 308, middeding ihensyimayidne: (T1 A)
| S-127, and the Third CGeneration Partnership Project 2 (3GPP2) Sel ectable

Mode VOC0gﬁml(sﬁPMbodE&&Q&&%ﬂud@&%%&%@éﬁﬁndE th@ﬁdo ARlit0R Mnﬁause
probl ens for a w dehand speech coder in whi t he hig ban excitation is

derived f itigm wipingof 8 dexdbard sposeb aienal sesaringte o Hmsivppihg {relislad sz a syst em
i ncl udi ng )94595;‘?' Va{’i% grpc% g&nfffb%%%[ e)(a‘illgtlon n@xal Vﬁcﬁen%taﬂgdv% e%%%f (sje?lOder B100) .

Duet0|ts romatlrrevva ban(fexmtatlon
si gnal wi Inhetlgﬂﬂﬁrodiideymbmvﬁ'lgahé qmtypcﬁf(mfdeb@ieﬁhﬁﬂehaﬁd gcktiesignl add/em t hat  of

the original hj eec | n, ot her rds, the highband
excitati ohmgﬁo(}iﬁ‘%ltge %F’i"g pcealggﬁ%b@b%m?% ®with the original highband
speech signal. [000164] A misalignment in time between the warped hi ghband

exci t at i onoeU1gTRHIGERE 15@owe hibHicR@laghipSiansprRRetHos AINalof MEokbeRUS e
several problens. For exanple, the warped h| ghband excitation signal may

no | onger spiesl pereder A100: aﬁﬂcedfge‘*d?l@en@ seaimplgmestation Adhefinagpyband t er t hat

is config t he

or' gi nal “HrEReEATA B0 cb By o o i BRNATANE) Rufll CARES LEAT b ana

si gnal na)encmmhairmmdlehhmnan bigh®a S66. FmeﬁumM&n@m@&n@ﬂMual ity of
the deCOd%jay e%%r?ta igured a cor rpg t%lo%g gll' more of the RCELP implementations discussed

above.

[000168] 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,



[ 000165] The misalignnment in tine may al so cause inefficiencies in gain
envel ope encoding. As nentioned above, a correlation is likely to exist
bet ween t he tenporal WO 2006/ 130221 PCT/ US2006/ 012234 42 envel opes of

nar r owband"@xWE ¥R on si gnal SSO and hi ghband si gnal 53§TUS§06MERHi ng t he
gai n envel ope of the highband signal agcording to a relation between these
two tenporal envel opes, an increase in coding efficiency may be realized

as_compar eghobRso] FRGBHA Ghebdiendie? AINERARG: §'deRF itk 19 EPndi fifeAYC 000

narrowband excitation signal s regularize Is correlation may
be weakenedlvafdeer nitard [pogiome pf highbanidspeech eignad S30 emcondinigado deley embaits on si gna

S80 and hi ghb i gnal . S30 fl uctuat t i n_hi ghband
gai n 1 act o SCRBBB PLRG L TRhab SFRES REy Ry M BN SPEGOOTRE SMindali ment o
i ncl ude nethbegsngé shywhe FICURPEES; Beley GRAD NI it Baifiguedd BtiMe Wwafe war pi ng of a

hi ghband sgeech signal according to a tinme warping included in a

cor r espondiigbband sprgelysigrd SeRpesradiag ta thatewinsingisaPd bpesslerizationgdtrant ages of

such neth i u i i Lty i speech

si gnal and%géﬂbpﬁ%rgﬁwhggﬁﬁﬁkggF%@ﬁ%ﬁgéh%kyggéing éfﬁgﬁﬁﬁﬁhgﬁggﬂﬁ envel ope.
[ 000167] FI Gdeded2arreivbave] exclybtomlsighab§Fhinalzd applicd npthementsponding Abtion of

wi deband speech encoder. A coder AD1Q i ncludes an inplepentation Al24
of narromb%ﬁﬂgh%éﬂ‘gwg& Wég?%a?l;fgfesan P éﬁp%‘@%tﬂbls B@I‘ng? ﬁ]?rg)"éggcgfaé{ﬁ’infati on
during cal pub@id LRpahtelRthenei6RASEhHAR ERVBRND0B X iRt I18PlefHleMBRdnsS50. For
exanpl e, narrowband encoder Al24 "nmay be configured according to one or

nore of théclRdmed 12045 ampieed a5 paroidhe bighland enegsleve. [ 000168] Nar r owband
encoder Al24 is also configured to output a regularization data signal

o > oL , ! ,
SD10O t hat ﬁmﬁﬁq]ﬂgngxﬁlg} Qﬁﬁégﬁg‘@f& of Ihgﬁﬁan‘&%&d@gﬁmhhgg? cfﬁf%;l}’eﬁrtbous cases

in which narro configured to apply a Tixed tine shift
t o each fr pgrormepectnabinabyses, (e.ge JRICamalysis) drhaatvarpadgnghibagbDe@edtasignahcl ude a

i f i ndi cat i i hi ft '
on- i nt eger A8 PRATLYHE TP Segl ebind Hierih SR RAREToR st RTFer i e
i ncrement . hiphband geidAranktetd 860b. Bich aeddderansodeude, Ad2kamples @f i gured to

otherwi se nodify the tine scale of a frane or other sequence of sanples

(e.qg., by Eepipmenaiongfdelay hoe Pildhazawed lonerar fhediot Wamingo o pesl) |

regul ari zat.] ' ' ' Qgﬁl'a i ' ng
descripti o%ésg%} h{)‘ﬂ‘té‘%;’%b? ?%g{tl n, Ste g@ybggés?}g nqﬁ&%&]ﬁ?ﬁﬁ%@?%%t ers. In
one parti csilgadl SBQ anpldescribe a spectral envelope that is misaligned in time with highband

excitation signal S120.

[000171]Delay line D120 may be configured according to any combination of logic
elements and storage elements suitable for applying the desired time warping operations
to highband speech signal S30. For example, delay line D120 may be configured to
read highband speech signal S30 from a buffer according to the desired time shifts.
FIGURE 26a shows a schematic diagram of such an implementation 13122 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. ,

[000172]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



narr owband encoder Al124 is configured to divide a frane into three
subfranmes and to calculate a fixed tinme shift for each subframe, such that
regul ari zation data signal SD10 indicates three tine shift amunts for
each reguM@ 2€¥P®Hane of the encoded narrowband si gn8FT/Ui8ONEE1130221
PCT/ US20061012234 43 [000169] W debang, speech encoder ADI O includes a
delay line D120 configured to advance or retard portions of highband

speech si grak di ; hRdl6 andnput
signal, to prlgﬁﬁgéo tﬁﬁ’?}gﬁm%‘%g%%ﬁﬁ% rﬁﬁ%%@g@%i Y Eg?glnagl?a g%rta%xlr@ﬂla!r%ﬁe exanpl e
shown i n Fh@URE ofi®r seihlthat algrenter BhiPOmasbeomenfoimged isdne diredtive thvarip thehi ghband

speech sig ding. to t war ping indi cated by regul arizati on data
si gnal SDl‘%Hérl ﬁ@%ﬁh%r%aPﬁﬁ&ggﬁémg%gﬁt SgPo fﬁ‘gm%%rpﬁflﬂﬁe ﬁ'ﬁlét was

i ncl uded i megagvictide shinaDepyhias 103X &ial &k icorfigirginabupboresorahGosapts ed to

t he correspondi ng portion of highband speech signal S30 before anal ysis.
Al t hough t#iadimgs ndingi{ehae YL hus width, fgyesemple)- a separate cl ement from

hi ghband encoder A200, in other inplenmentations delay |ine D120 is

arranged agogpr3| AQEglfeahbHRAS Bk f #AGAL & maphRRR L b § Fed P! eMeNt ati ons
of hi ghband encoder” A200 nay be configured to performspectral analysis

(e.g., LPOnHhsgcyrdsspaygtauserpudiprvatifaetd ithihgldbenddd sigaddc Mypicgihathe n8g0iteded t o

performti (LN . hi ghband .speech signa 0 befare,calcul ati on of

hi ghband gélﬁaanr\é%‘élfg%zr?gf) giusne E!Etoas pgﬁfg egﬁbye %83%’”@2%}“’? e&%‘t}gé,WIJIJBPt exanpl e, an
i mpl enent agxdcesd Dfewdlligecdridacsub Bat te tigrgaitstiedigesd WOr By ilhezatibiBatdar pi ng. I n
such cases, howeéer, hi ghband filter paraneters S60a based on the anal ysis
of unwar p_e’iigna%_ﬁgﬂ IWI%f?B]lWH?d' Q¥rYsHat @Y et nasHeFBpRIor AgRY 18 i sal i gned
intime w bfﬂzﬂo%%ﬂfi'guré‘d%'iﬁ@héegdgﬁﬁgiﬂlﬂﬁ! nr?zi%@x?ti?l[sgﬂi@tﬂrﬁllh@%bﬁﬁvé AdiforD120 may

be configured according to an ination of logic elenments and storage
el ement s sedgalte direction ppixaimple, tohabselwe  tighter lins then tiyit figpesed brtliecons to

hi ghband speec i l, S30. For exanple, delay |ine D120 may be confi gured
to read h.agfh“&%ﬁﬁag‘gcz’é%“ signal S30 froma buffer according to the desired
time shifts. FIGURE 26a shows a schematic di agram of such an

i mpl ement afti00174PFR2URE 2de ktaoywsl a sokemdiit 2dagirdna bf amiaiplebsesitaios M} 128 of égagt er SRl .

Shift registe i is a buffer of s ength i hat .iis configured to
recei ve anlﬂn@bﬁghf‘ﬁédll#s L&t W%@W%ﬁahﬁggg &ﬁi tb‘F\B%ﬁ%‘_’%‘ffé’ " signal
330. The VRkMEnOL & IGAKA bylRe #ift WeRRhw SWE AL FIGURIBAD SeMsRQaidhve (or
which the buffer length m is greater than the width of shift window SW, delay line
D124 may also be implemented such that the width of shift window SW is equal to m.

[000175] 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
$30. 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 fo output time-warped highband signal S30,

[000176]In the particular example shown in FIGURE 27, shift register SR2 includes a
frame buffer portion FB1 and a delay buffer 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



"advance") and negative (or "retard") time shifts to be supported. It may
be convenient for the value mto be equal to the length of a franme or
subframe of hi ghband signal S30. [000172] Delay line D122 is configured to
out put thewplzﬂ&lﬁ%lbed hi ghband signal S30a from an offGtS2beeat2son OL of
shift register SRi. The position of ofjkset location OL varies about a
reference position (zero time shift) according to the current time shift as
i ndi cat ed , @D&% ay line D122
may be V\DJZQ%%G;)%‘OI%%Q%%%%%S%&O%% 012234 413}@:[:]?%%6%8?1{1 to shtﬁl%%)rt equal
advance arrdme dangthd Alterlmfttlsfeb's delay buffen BXB may Ye shorter ﬂhamreltarﬁ hufferRB tchan t he

the. of her <t ARLEe BT M el R it hemap atgpilbehl | a7 ger "

positive trbgister mgaﬁhmemhy i 18ib ofher proedsaiiig bp@alda&aacmymbﬁngeﬂﬂhbgur ed to
out put one or nore sanples _at a tine (depending on an output bus w dth,
for exarrplsé?'lpeF@?f@T‘?%?‘qu'@gsmf"a’feglf@fSB?r time shift having a magnitude of

nore than a few milliseconds may cause audible artifacts in the decoded
si gnal . y[gomb M the S R RIBORES ﬁmﬁ@gHﬂf@rrFleafs 'celmgu&éa%%méé as
performed by a narrowband encoder Al24 not exceed a few mlliseconds,

such that lewash equabtoghatfof one fraine af behbﬁyd E@Q%ll $80i Imencdirer @xaraple Sragreal  SD10

Di22 o be iRy HREH s KRR MR el B S FRBE SRR Y e
posi tive adighab$30. Te@gadh sase,dela@ tihk ms(Q fn@y bexaifizhesd th énchlds dsgietompplyght er

limt than that |nposed t he wband encoder) 000174 FI GURE 26h
shows a séh%mq(egdlaagwqﬁgﬁﬂ% q ﬂ{ﬁ”gffélﬁ’?%‘ff e wbeshilgd] Rylaylinge D122

that incluges ﬁaﬁmd‘ JnchH@ﬂ%h t§err!1 Jaﬂle§ fﬁmﬁ@buffé?%ﬂ%tﬁéa%s%b@f fset

|l ocation OL is I'imted e shit WII’]OW SW Al t hough FI GURE 26b shows a
case in whieotrittehén m&rﬂ@mffbﬂﬁgphadmm@ugﬂceéﬁeﬂn arﬁmher preampleltshiftof shi f t

wi nhdow SW_ de ine at .the wi dth of
ohi Tt wi ndSarenTS P e Poft R Meife 1t T TR HR SR PSR el ay
l'ine D120 tusfeBBI i@t ishch@aw dels line GlbBa Rty isheRABgiS kOimepckdl atressa buf f er
according to the desired tine shifts. FIGQJRE 27 shows a_schematic di agram

of such arg#PHPREREhUAESSEING BRmes effsublaamass WHta toshiff regisler SRt nader { wo s hi ft
registers ;

G gnal - SIOTREN Ol AR HB A Il R e B e
from shi f t samplys ﬁberfrarﬁwuﬂf&r i tefore wgitisg themSR3hidiregisei 3 (ecz.a tine shift as
I ndi cat ed bXérdmg to a>f(unnp10n described by regularization data signal SD10).

[000178]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.

[000179] 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 avérage. 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



regul ari zation data signal SDIO Shift register SR3 is configured as a FIFO
buffer arranged to output tinme-warped hi ghband signal 530. [000176] In the
particul ar_exanpl e shown in FIGURE 27, shift register SR2 includes a frane
buf fer por¥PMWoE#23! and a del ay buffer portion DB, andPSAIUSROAKREL er SR3
includes a frame buffer portion FB2, gh advance buffer portion AB, and a
retard buffer portion RB. The |engths of advance buffer AB and retard

buffer RB omyf& KIHREE to PEorRRBoRY; fritfe b6 f &élgﬁmfsaﬁ.e @t \A%ﬁép(%%){%%t hat a

greater shift in one direction is supporte an~in t 221
PCT/ US20064r0av2xg4 overs: shotterrperipe (syh hufrvoesobibBnesner hadht efradrdmf) foen lqngett i on RB

may be configured, to, have e ane, |ength terpativel | ay buffer DB
may be shoP%nngrd (%e%:gﬁs M %Eriraésgl]ﬂafyere Cﬂl%u]ta%g a %%@Efﬁ& P“oarcaﬁe #ﬁ@qﬁﬁ%ﬁgﬁl
required ti atnopistkgsr valaspl esnglé delhy ad1ee MeigeeD 1 EBmby be codfiduied tb @glingt er SR3,
whi ch may i ncl ude other processing operations such as warpi ngz of the

sanpl es bef§ralug fungiesergiuamher of sapyilasbetoragpusputiingyip i7dglay kpaPB2lexanpl e of
FI GURE 27, frame buffer FBI is configured to have a |ength equal to that

of one framppoiNLINDERM BtdRAk 1280y bD cAHIRLRE o YRR e &R Bon YL f er FBI

is configured to have a length equal "to that of one subftane of highband
si gnal 830shift of 3 perhingegeenuralesr 8y sdgmmes iDIRENAedzd berrewbdnidgucitationsighalc| ude

logic to app . e) del |Ll_subframes of a
frame to bfe?1 Jél lll?%Jelg,_1?&@?3%3?%%%31&%1%&?”@% “ar aggerﬁlcllto(t}agelc Iét:il uIetdgtoaver age

val ues fr oroauhd ehiemabofbard thik shifd in Meberamintber dfeamplee bid fdrideayiine r et ard
buffer RB or advance buffer AB. Ip a further exanple, shift register SR3
may be conPi@liceaprlydhs wua %‘W%Flﬁ’géo hightand AprarsigRaYRaP- S30 only via frame
buffer FB1l, and in such case delay Iine D130 may include logic to

i nterpol at B)Oﬂ]?ffl%ﬁﬁsonﬂﬂﬂ@le‘ﬁﬁ:h%;@ﬂs SUGASHRAE YiRefl @HEB8er XD R e sﬁﬂlgﬁng’w itten to
shift register SR3. In other inplenentations, delay |ine D130 may be

conf i gur edr¥es opeareyhend spesel pignal 538 ead highband spesalpiced SBP amayfdifiere Ibuf f er FBI
before wrigj] [ i : [ function
descri bed E%H%g%%@a&?g@?%a%aérﬁgigrgaﬁ alﬁ%ébégir:gd r[ooagg.%gg?g Isﬁgtﬁa%% "Dé desirabl e
for del ay IndivateDiiPfgtilarizqpiph ya@ signaESDHEY piatgpuhifat a dffebasedetween thbut i s not
identical to, .the warpin ecified. b ularization data si SD10.
FI GURE 28 SHRRISE 22161 Rt REIaneesh gl S0 errasodPReh Ao FET 9and
speech en%ﬁﬁlﬁéhb%%@pek%igﬁd?@h@.dﬁér e%aﬁﬁl'e?dé]a}&a\la}iﬁ HEPRED 1 1 BhaPbe Del ay val ue
mapper D 110 iS configured to map the warpi'ng indicated by regul arization
dat a si gnakorGRnEdit;sagle 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.

[000182]1n 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 logic 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



mapped del ay values SDICa. Delay |ine D120 is arranged to produce

ti me-warped hi ghband speech signal S30a according to the warping indicated
by mapped del ay values SDI GCa. [000179] The time shift applied by the
narrombanc}v‘éﬁ'i‘%d&l 2lyay be expected to evol ve snoot hly PEFAS20064#E234
Therefore, it is typically sufficient 440 conpute the average narowband
time shift applied to the subfranes during a frame of speech, and to shift

a corres mogmmgsp‘ee@rmgmf s$0 @hcﬂlﬂﬂdh@ﬂﬂﬁmh For g0aipl3361a8 GERE tapfert 0 this
aver age. such_exa ggl ay val ue ma per Dl 10 is configured to

cal cul ate %8 e Reganggured, Cakﬂ G AT Arage %Y%ll‘é% apeprdipg énther ane, and

delay lin 0 %{%ﬁ FA 006/ 012234
46 cal cul g?%%gvéea?%gg%gﬂ%g@glﬁes%on e'iB ﬁ@e‘%b}gﬁﬁlg andg)pg]_gna S30. In
ot her exardslagdine DalﬁOm/@magexm@ror:mcshmeepoqdmgifmﬂne(smelkbfamets\nﬁ subfranes,

or half of gjwfr(g % or. ag ger period (such as two franmes) may be

cal cul at ecill g %’6 kbsagna case where the average 1is a non-integer val ue
of sanples, delay value mapper D 110 may be configured to round the val ue

to an int QWISB}H‘IG@JREJE $2Wp h E®WRRAOf 2 GREIHHANIDNQD bi tithe welgligpy/a | | ne D120.
[ 000180] Nar rhg 431 ncoder Al24 may be configured to include a
regul ari z2¥§5AN ?H’?éc signal gecarding RIS VUGME BRIvASE AN AFOZERPIERE i n t he

encoded nahEIMBARLo R REILABN S HﬂalTaskTﬁl(ﬁjak%Bcc@seQ%%deHaﬁd cpe desirable
for delay val ue mapper D110 to e conf i round the narrowband tine

shift to afgnphoedtsin nuartovband speaeipsigenl ambla hlahbadé lspgech sigeal. BP0 to apply the
rounded ti ma S h' tfa$k ’1“18 déublgg b@engon% Hreﬁrt]o F iég' anfdhgg 0 m%xlﬂnus?n%ne

i mpl enent at' Oh rd Sp ee enco I'ng °rates of
narr owbancfﬂ&pbmdhasingrmbpase&caﬁghﬂmssgmmdudupeeaﬁ thﬁle@ﬁﬁﬂauﬁBGfﬂﬂ&ybﬁhld‘ fer. In

such cases, delay e ma er D110 may be confjgured to adj time shift
anounts i %a%ai‘ﬁh rq“’z%ﬁq‘oc‘ﬁ‘f?a@%@&e@%’é 1“@31“8“/213631 ehceditht for a

di fferencqlaﬁsw@mxmﬁm%?gml 400 % m@a@eg O@BmwﬁaQMﬁ&dpéﬁﬁ&a@ ghgnal S20 (or
narrowband excitation signal S80 ghband speech signal S30. For

exanpl e, @cwdma:nmbané@p@tatlmmnmwg ﬁh@'maragwteéﬁwmb@ qudnéizedaand i me shift
anount s 2SAELTLAG brodh el d P AL il BhERarl Rese PR Ol 2T

exanpl e as HENtT oned capove i'S sanpled at 8

kHz, and hpg&abazmﬂe@amterswggkaijstoancsadwIaeﬂlea;bmﬁmglﬂzthelencddbds case,
delay value napper DI 10 is configured to multiply each shift anount by
718. | npl éﬁﬁﬁ’t"ﬁﬁ%lt@f‘mstﬂ@?hy val ue mapper DI 10 nmay al so be configured to
perform such a scaling operation

[000184] Task TD300 generates a highband excitation signal based on a narrowband
excitation signal. In this case, the narrowband excitation signal is based on the encoded
narrowband excitation signal. According to at least the highband excitation signal, task
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.

[000185]} 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.



together with an integer-rounding and/or a tine shift averagi ng operation
as described herein. [000182]1In further inplenentations, delay |ine D120
is configured to otherwise nodify the tinme scale of a frane or other
sequence &0 ¥AHBI2Y (e.g., by conpressing one portion PGHYSERHEEHNg

anot her portion). For exanple, narrowiand encoder Al24 maybe configured to
performthe regul ari zati on according to a function such as a pitch contour
or traj ecfl®0¥86]Dthes iroples@sm@tionsed widubhzbdpeann cdadder 2100 ate cBRligrathso | ncl ude a

correspondi ng description.of the function as set. of paraneters, and
el ay 1t niids 3 SRR R PR RS Biebgiec 0k Pt S 20 s Rl F imrad e subi r aes
of hi ghbapdiuaserthe efdodB@harRtbaAd ERtaiHkigmal.t R kil BPhbahd Ot her

i npl enent ati ons, delay val ue mapper D110 is configured to average, scale,

and/ or r o&¥fitaieregmarsEari A1) 0pedydiedmpleniested fpinckide apimurpeovsion3ddeley

PCT/ US200 2R84 ; al i - I | i 20. For
exanpl e, géﬁl%y va?tulééé%%ug‘%m%%fge? Eﬁ%btgdgﬁafagﬁ% ggngggg%ﬁg?ﬁegﬁj SB ne or

mor e del ayalues SIDapacian dppiy atcorredpendifigireetisotime ehiftto detrewbandlenetatioali cati ng a
nunber of sanples, ich are then applied b delay line D 120 to tinme warp
one or mFlgnﬁgﬁﬁ@%Q ilen ?%@Slwp‘gqﬁ?ff}?fgﬁ}égm&ﬁ ha%?% HEXEP¥Ech si gnal
S30. [ 000333 Kh 68/5Fniglbanewsitioh kighRapd, for a method MDLOO of tinme warping
a highband speech si'gnal according to a tine warping included in a
correspondi ng% encoded narrowband excitation signal. Task TD100 processes a
wi deband 98881 Fughesydfichapd spreeh encedes drplewprtadonspewdie confamed ¥nd a hi ghband
speech si : i jlter the

wi deband g@g%ﬂﬁgq%bnagﬁ%cﬁalggﬁ%? |0 %@é@g%%ﬁé Sﬁ‘%\‘}? %3‘1‘ %I?V\é/%g]gdg E%ﬁ%hthl} ghpass
filters, $wooipnasnather, sqhehsmighbiraispedchfsigntled30tiaakcoddd aslOreprEssikatibh200

encodes th ay r owban eech signal into at .|east .a_encoded narrowband
excitati oﬁ&ﬁ&h‘%ﬁ“ gqutgf%rv&fogpimg a@ﬁm?‘?é‘b%ﬂﬁaﬂ’a“ﬂ"?lt gP°hat aneters. The
encoded nahpiembRacbrexsy b@&dr@i@u&ﬂ%mgérfo@rﬁ(ﬂ{n%rw&bﬂng%f e @Mk Efefidimy be

quanti zed, and the encoded narrowband speech signal may al so include other
par aret er $ig8dctr ta othgrwispBishile g Wrapiaget ayencqiedini ghbpobexgitatleon siglalides a

ti me warpi I; coded, .. r Gl i i . ] Task
o800 gendr ot BRSSPI ABE R BMR o) GEBcu AuBHERS

exci t at i opxStagomsigndlNFoihdxsimpies the high®artbontoded ang ietwdetaatimplenehgtiad of S based

on the encode
delay Icllne D120 and/or delay value mapper D110 as described herein that are configured

to apply a time warping to the highband residual signal. Potential advantages of such an
operation include more efficient encoding of the highband residual signal and a better

match between the synthesized narrowband and highband speech signals.

[000188] 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.

[000189] As mentioned above, adding highband support to a speech coder may improve
intelligibility, especially regarding differentiation of fricatives. Although such



narrowband excitation signal. According to at |east the highband excitation
signal, task TD400 encodes the hi ghband speech signal into at |east a

plurality i nd filter paraneters. For exanple, task TD400 may be
confi gur edﬁéa&g&@gge the highband speech signal into ACHUGrUPPYES Y01

gquanti zed LSFs. Task TD500 applies a #9nme shift to the highband speech
signal that is based on infornmation relating to a tinme warping included in
t he encoddiffanentinbavomaguarby batemdvedbygriainan [i8@0k $ton FapartEDA0Comeay, be

configured. erforma spectral analysis (such as an.LPC analysis) on the
e ohbany B BaRub Sl SR & iR G ST iR R Sy e R e

hi ghband speRiaditérgration kpplatsnse aRRSs systsds fdLBEhATBY véiee BRf i gured to
apply the tine, shift to the highband speech signal prior to the analysis
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[ 000186] O her inplenentations of w deband speech encoder Al100 are

confi gur eqodoaon8VaheaR abdoilin V&Y A d¥boRimdt BRD g@ OmBE&lehidlih Q?Oﬁﬁlﬂtp al S 120

caused by a tinme warping included in the encdoded narrowband excitation
si gnal . Fdeviexturplirleshéaghrbenicationx sichas a oellulpr tadepziooe orB@®nabdigited | npl enent ed

to includ ' ] f del i 20 | fi d t
rocetve vt PR ORGP et Sare, S BetEt i ol8 Led Spioa, and

to apply aogehhRsfaRdevige SIRYQE 86&/dIP FEhdsdl] 4 perdodalndimpovd? abskigxad that i on
signal S80, and/qr to a subsequent signal based on it such as harnonically
ext ended SYFR§HAY OIS campupicalipnsnefARe s de ves eriighga ae raioblerhadoas7] Furt her

w deband spge : i i : i : de

nar r owband spg&e}gﬁ{}@?%ﬁ%l& g&%ﬂo&gﬁ@kﬁl&ﬂg grﬁgﬁé%%gcgﬁgg{ gna|§(%i§%&}trl}% %gndent |y
from one amplehented suacthip baghipsetifob andmspaigetons dgried. [Z§@ndisgepootied as a
representatio of ..a _hi ghband spectr enyel o d_a_hi ghband, excitation
el sl fnpPutaiRal Ao RE e Ao SRS ARG ARE S o I BNE ar pi ng o
the hi ghbangof dgitdl4éanalss ehAkssicdlof b@peti sigidl Sircuits] fflferforinid®® War pi ng in an
encoded hi ghband excitation_signal,  according to information relating to a
time war pidAglifipation ga¢{os ofhe RIOFRESNG AP HADA AR 2 sBSeeh signplofnd&rgathe-. For
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configured to apply a tine warping to the highband residual signal.
Pot ent i al [8I&hilkigesplisitlysepntemplatedprakdisclased ihaicdnuihelimentemey frickident  encodi ng

of the hi %Q%p ge UsE IwclitH%lny cs)1i1eq(g]rarlnor‘%t:rg)(fI e olﬂ%f %eea{ures 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.

[000192] 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



mat ch between the synthesized narrowband and hi ghband speech signals.

[ 000188] As nentioned above, enbodi nents as described herein include

i npl enentations that may be used to perform enbedded coding, supporting
conpat i bi VYRR H2har r owband systems and avoi ding a né@ﬂ"gﬁmmwggﬁ%coding.
Support for highband coding nmay al so58erve to differentiate on a cost
basi s between chips, chipsets, devices, and/or networks havi ng w deband
support wistokagb awsklivar és mednpatcadabld ¢ode, sacidcddedsing awizcipne ak anvdbéenisy suppor t

only. Support for, hi ban% cadi ng . as describ her.ein may al so be used in
conj unct i 8% *HitY ﬁ{lgg’fgﬂeﬁﬁj gec %?rag‘?{?b‘f%‘?ctefsr?bor ‘ﬁ&%@%@ﬁ ﬁ‘é@rﬁ’ﬁ?ee% a system
nmet hod, ORmAPWRE @dtdl StoRGE Alediufimb PHS M AR b QPP eMRiRhts sHBYassupport codi ng of
frequency conponents from for exanple, about 50 or 100 Hz up to about 7

or 8 kHz. sfrogendigior memeEntwispc@an sinde vaantiinitatigh dapainis apgiatic RAM a speech
coder may | A i b O A LM Lahl | differentiation of
ri oat 1 ves BRREcest RERID HOY fiafionBoB05HE AGERRIG ST 45

di f f er ent ifextdetrotrivaynaps@tdist vbcovdbaid, pagimbnyc, ar hhwiseohdnigs hrenety;far adiskhe

particul ar_context, highband suppar serve as an enabling feature in
speech re(’i‘%?a'}ﬂnﬂ P aﬁﬁ&“’%f‘ﬁ@ror OBH%Eﬁﬁ%' &E‘%’@Fﬁr %r%r?hﬁ‘gﬂﬁ?é‘ﬁfl?ri}ﬂ%, such as
systens f @ inglid BRir&Scode] LB anghldk 8@, hABhiAOEHdR! biRry QOB HemGak

I

€
processi ng. [000199] An apparatus according to an enbodi ment may be
enbedded MHEEPCAdS HHERRNIS, Ay OB IO seif O sp@isaCes ORiPsNERNs orpsuigbieyas a

cel lul ar taﬁ\Imqg)?g@g%g;?le%%%?g%@uagggg}ntoﬂllaﬁoéﬁgsiua; %%Bml‘?&égpA) . Alternatively,

such an appar I'n anot her ni cati ons device such as
a VoWP handset, a personal computer configured to support VolP
comuni caf®$i93] The varimstelonndntse iinplemeotafiorgof égghbandregoit@icheeephtorsi c or Vol P

communi cat,i,QRS. X I a r.at.ys cor.di t 0. nbodi ment may be
i npl ement ést?%ﬁ ﬁ“%ggﬁ‘i”g"%%g%cﬁ‘%“ﬁ%@?%ﬁ hygnl Sﬁﬁﬁ?ﬁoégt%&wﬁgg?@eﬂ)efﬁbpendi ng
upon the cpasdei BUOR En@PRlebsat dpedth detder B10EMuE Be MRYcrdrii€d dstddcudgicsuch
features as anal og-to-digital and/or digital-to-anal og conversion of a

speech si gRAYPT ORHcrldsvices Topigingptor PEAMRIAEN tihiserchipATiaBIPNE AP 6F meicher si gnal
Pos e MO SO ooy SR RO BB AR s SRV oo 1Y
i s expli cicohtgmphatride thicat ewrasiemelits of mskedn ajpatatembgdieneplesnemed inncl ude
andror b oed Ll AN 0% 0! LA ScH0S LU SR i aplgged Tn the
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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.

[000194] FIGURE 30 shows a flowchart of a method M100, 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



Provi sional Pat. Appls. Nos. 60/667,901 and 60/673,965 of which this
application clains benefit. Such features include renoval of high-energy
bursts of short duration that occur in the highband and are substantially
absent froMQ W84 Howband. Such features include fixeBcDusadaptise
snoot hing of coefficient representatio such as hi ghband LSFs. Such
features include fixed or adaptive sha%fng of noi se associated wth
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al so |ncI I'xe adaptl e SO0 *4nd adapti ve

attenuati ospeotfrallq/ exgaided agm&Ibg;}apply{n@@leﬂlaiearTfmecticmrtenggmgl @resenbatthon of the
descri bed enmbo rrgnts is, proyvided to enable anﬁﬁgerson skilled in the art
to make or "HERY PotigEedask & enejAtes V&Yﬂﬂlfé’szed pandsignabirsondigthese

enbodi ment §Aﬁﬁ@s&9§§lt&'ﬁmm§é@&s% (Bg%rh Hbsndog;acﬂ&m's? apﬁagséc?%ﬁlg herein may

be applied to other enbodi nents as wel For exanpl®, an enbodi nent may be
i mpl enent espermallyamxtended signathdhek >é4§)035a}¢a}attswgamcbn&¢lppmbased arsa gelationc ui t

configuratj f rlcate an. appl i cati speci fi.c te ted circuit,
or as a flirjé%rrwgern &BFB%I% hlecklﬁjg Hﬂ%go% (pgf”éﬁr&f%% %’F’Zﬁ%ﬂ‘%ﬁ 0Lt ware
program | oagesvtah@pb®oni Nt o a data WO 2006/ 130221 PCT/ US2006/ 012234 50
st orage nedi um as nachi ne-readabl e code, such code being instructions

execut abl e Iogl el ene h_as a m croprocessor or ot her
di gital @ﬂélgﬁgﬁé@%ﬁwh%% Wﬂhéﬂﬂg é‘Pg FHERNIBO2BG array of

storage e' SRR FHEDa@RrdiSE A RRMYERN, %@PWO@M&:&%Q&MM&%{ g Wi thout
limtation dynamc or static RAM (random access nenory), ROM (read-only

menory), apd¢nsied sigagitbyRaMYings nonfieear faiction foi anarentpaed excagtiatsigne] ovoni c,

pol yrneri c, e such as a magnetic or
optical dis HVCEI)'EI%%{ er%ﬁmg%fl?e\?v%nr!r&gxb %%)u?élsoén bng“%gmém"?o ¥ ncl ude source
code, azsehhfmnicalmjguagﬁied@@ﬁal witCAunodul sredigoisddifal Yo gepeate afmglmaﬁﬁ e,

macr ocode, m croco nore, setfs o S i nstructions
execut abl e®Haigsighal fquv}{Rﬁgél? Ehoé’*isé‘rﬂé’r‘ﬂcg %‘{1‘%1 ﬂ?gg/&r"@ﬂﬁ&‘?e&%l“&a such
exanpl es. B&Q@a%%%kﬂ' bioH %%’n@l%c&hﬁg‘?cgéﬁtlﬁ exhﬁmlﬁﬁﬁrlh&hdhﬁgl sk yiuoagand

excitation generators A300 and hi ghband encoder 00, hi ghband
decoder B23800. W aEDE300 caloulateh a tieedsarmin mek)pe mrmw@b&mygp%ﬂm efecoder B
100 may be i ted as electronic [ optica s. residing, for
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al t hough otrbt@rYzmonﬁdﬂﬁw& Soit¥ dighalidcesidfiig b th¥i tindd-Heaia efveldbpR@o produce

the modulated noise signal.

[000196] 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 envelope 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.



contenpl ated. One or nore elements of such an apparatus nmay be inpl enented
in whole or in part as one or nore sets of instructions arranged to
execute on one or nore fixed or programrable arrays of |ogic el enents
(e.g., traMei6drR¥2l gates) such as microprocessors, efsddaafefiBéessors,

| P cores, digital signal processors, BRGAs (field-programmable gate
arrays), ASSPs (application-specific standard products), and ASICs

(appl i cat i[06019pH@hFddaméms dgo aickde additstial spthodd ofispeadh sodipgsaictligg,fagd one or
nore such  elenents to have. structure in conmon (e.g,, a processor used to
execut e pdEEWHEISSe THERSS y@bﬁ“i‘@%‘gé‘ﬂﬁ‘?‘rf‘g&tw ‘éﬁs‘l"m@‘ﬁ’gﬁgf %Y”éﬂgﬂt s at different
times, a s&iboBimenRTbhtifirt®BSpedrtia Yh&tnttRodsP $haiPbMtheRIKSnECRMAHRHI Ng 10
different elenments at different tines, or an arrangenent of "electronic
and/ or optthegadly debedied (fpesagpld, iyonspe more daisstpaee thefiags dgted ebaviskart s at
different ti r eov. 1t si,bl e f r.ore ch elenents to
be used to° %g%f)ers&wgtogg%gﬁgt}dnéé@ﬁ gg% %reese%ug{bég%?a ?lr? 3 urlfjgltclﬁlgl ne aﬁhat are

not di r ectdmaybelogicatemanta(e.g. apgbasiopmefoptdiessan pacmdtotfrolistohosr a t ask
relating to another operation of a device or systemin which the apparatus
i s enbedddihiteppgnahine)-cURE. 99 DGR RERHPIEGH 1 Hrdipisd 'W/as0,

accor di ng ditho@finenRHRGH T56Ve bul tatfl 08 IbB decdrdb SOR{HEs 1RO BhsiGbntdvigPreech
signal having a narrowband portion and the highband portion. Task X100
cal cul at eshapseiplesfantiinovelfeasarendistlosed it it fashidrPix96 0 1izdRding BROheUS20061012234

51 ch ] . | | f .the hi d ion. Task X200
cal cul it o egs Bty & 1Sk o ety DS TRRE hont i near t unct i on

to a signal derived fromthe narrowband portion. Task X300 generates a
synt hesi zed hi ghband signal according to (A the set of filter parameters
and (B) a highband excitation signal based on the spectrally extended
signal. Task X400 cal cul ates a gain envel ope based on a relation between
(C energy of the highband portion and (D) energy of a signal derived from
the narrowband portion. [000195]FI GURE 3la shows a flowchart of a nethod
M200 of generating a highband excitation signal according to an

enbodi nent. Task Y100 cal cul ates a harnonically extended signal by
applying a nonlinear function to a narrowband excitation signal derived
froma narrowband portion of a speech signal. Task Y200 m xes the

har noni cal | y extended signal with a nodul ated noise signal to generate a

hi ghband excitation signal. FIGURE 3 I b shows a flowhart of a nmethod M210
of generating a



hi ghband excitation signal according to another enbodi nent including tasks
Y300 and Y400. Task Y300 cal cul ates a tine-donai n envel ope according to
energy over tine of one anong the narrowband excitation signal and the
harnoni cal | y extended signal. Task Y400 nodul ates a noi se signal according
to the tinme-domai n envel ope to produo% t he nodul at ed noi se si gnal

[ 000196] FI GURE 32 shows a fl owchart oF’ a method MO0 according to an

enbodi ment, of decodi ng a highband portion of a speech signal having a
narrowband portion and the highbapq pgion. Task Z100 receives a set of
filter paraneters that characterize a spectral envel ope of the highband
portion and a set of gain factors that characterize a tenporal envel ope of
t he hi ghband portion. Task. Z200 cal culates a spectrally extended signal by
appl yi ng a noﬁiineéﬂ“@ﬁﬂi%ﬁ%ﬁe@B”%ag%hﬁ&ﬂCd@ﬁﬁvéd@PW0ﬁP¥HEﬁmHarrowband
portion. .Iasks#300 generates a synthesized highband signal according to

(A) the set of filter paraneters and (B) a hi ghband excitation signal based
on the spect hatropice)Xy extdatingihgnpdciruagta sih@0thanid bhstl @8 aanagaivharehvel ope of
the synthesized . highband signal based on the set of gain factors. For
exanpl e, K4¥ROY8Pr ey be configured to nodul ate the gain envel ope of the
synt hesi zed hpgRhaie SigRabmAY end@Bbe/dMGidMLHhaEE bAded IRitRe AREHaRd L0 an
excitation signal derived fromthe narrowband portion, to the spectrally
ext ended esdighah sigea; t he hi ghband excitation signal, or to the synthesized
hi ghband si gnal . VY);OOGAlSQZil Pq;/U %909/0; %%ﬁ1652lhgqg%97]Enbodinents
al so include QHHP?IBh%Pmﬁ%?hglgc%ﬁ'g%(%c "6 Png, enco g, and decodi ng
as are expressilyuldirscd @si@RelenRioN(A L BharmoR¥altleseeidel keAs Wfedsdnraict ur al
enbodi nment s cqntigured,to perform such nmethods. Each of these nethods may
al so be resahgf Bl hamss by extehngsub) 8 mqdylagdenogie siappkebaded an st6klage nedi a
as Iiste%fgﬁgxgbmgﬁ one or nore sets of instructions readable and/or
execut abl'e by a mac i ne including an array of logic elenents (e.g., a
processor, m oheRimbeasedwhdild @kicoDh ghlles based 00k R&idual dffd dpeeditsadral,

machi ne). Thus, the present invention is not intended to be limted to the
embodi nedt$ shown above but rather is to be accorded the widest scope

consi stent wi o - pbrinel pl.es, . es 0] i.n,any fashion
orei m, ol ud s T R B B MRl Dt ot

t he ori gicr@hdadissglhbswpeinga8 a first weighting factor, whose value varies over time and is

based on a parameter relating to at least one among a periodicity and a harmonicity of the
speech signal, and

wherein the highband excitation signal is based on the weighted sum.

2. The method according to claim 1, wherein said harmonically extending
comprises applying a nonlinear function to a signal that is based on the narrowband

excitation signal.

3. The method according to claim 2, wherein said applying a nonlinear

function comprises applying the nonlinear function in the time domain.

4. The method according to claim 2, wherein the nonlinear function is a

memoryless nonlinear function.



CLAIM5 | A nethod of generating a highband excitation signal, said nethod
conprising: harnonically extending the spectrumol'a signal that is based
on a narrowband excitation signal; calculating a tinme-domain envel ope of a
signal that is based on the narrowband excitation signal; nodulating a

noi se signal according to the tine- doqpln envel ope; and calculating a

wei ghted sum of (A) a harnonically ext ended signal based on a result of
sai d harnonically extending and (B) a nodul ated noi se signal based on a
result of saikd no \ n nal is
based on a relgldualﬁiHé?&gﬁgdéecﬁﬁghﬂ:lgr}le‘z’“ﬂlre &ﬁ%?@?ﬁ§§g? hgfb§%g$ing a

wei ght ed iswarmiincl udes melghtlng the har noni cal |y extended signal according
to a first weighting factor, whose value varies over tinme and is based on
a paraneter relating to at |east one anpng a periodicity and a harnonicity
of ‘the speech si angl p.ad wiesL ) L highband.exalibal s gnal is based
on the weighted sum 2. according to claiml, mhereln sai d
harnonlcabhynexmehdumgeobmnpbmﬁmsvap@hmpm@1awnqnmnmﬁanuﬁmnmuiwn to a signa
that is based on the narrowband excitation signal. 3. The nmethod accordi ng
to clai m*9PPIRHEEIN sai d appl ying a nonlinear function conprises applying
the nonlinear function in the tinme domain. 4. fhe nethod according to claim
2, wherein the non linear function is a nenory |less nonlinear function. 54
5. The net hod7accoiltié mgthed actcading o clabre?.evherdighemonlingae dmcfiomstthon is tine-
|nvar|antb g q ge Fod according to claim2. wherein the nonlinear

|1 mcti on PEOHPr 18885t east one of the absol ute val ue function, the
squaring function, and a clipping function. 7. The nethod according to

claim2, wherein the nonlinear function is the
8. The method according 1o claim |, wherein said calculating a time-domain

envelope of a signal that is based on the narrowband excitation signal includes
calculating a time-domain envelope of one among the narrowband excitation signal, a
narrowband speech signal based on the narrowband excitation signal, and the

harmonically extended signal.

9. The method according to claim |, wherein said harmonically extending
includes harmonically extending the spectrum of an upsampled signal that is based on the

narrowband excitation signal.

10. The method according to claim I, said method comprising at least one
among (A) spectrally flattening the harmonically extended signal prior to said calculating

a weighted sum and (B) spectrally flattening the highband excitation signal.

[, The method according to claim 10, wherein said spectrally flattening
comprises:

calculating a plurality of filter coefticients based on a signal to be spectrally
flattened; and

filtering the signal to be spectrally flattened with a whitening filter configured

according to the plurality of filter coefficients.



absol ute value function. 8. the nethod according to claiml. wherein said
calculating a tinme-domain envel ope of a signal that is based on the
narrowband excitation signal includes calculating a tine-domain envel ope
of one anong the narrowband excitation signal, a narrowband speech signa
based on the narrowband excitation signal, and the harnonically extended
signal. 9. The nethod according to claiml. wherein said harnonically
extending includes harnonically extending the spectrum of an upsanpl ed
A oAl g aserl QbAoA RUAARC SXGI AN T NG e dQnThE et hod
according to claiml, said net od conprising at least o & annﬁb A)
spect r al hyisé bighdl @odonging hvea baermonis@afunytiextfemndedatsingndlin pn eorodtd sai d
calculatin% a ighted sumand (B) spectrally flattening the highhand
excitati OF°sh R "1 1. The nethod according to claim 10, wherein said
spectrally flattening conprises: calculating a plurality of filter
coefficients based on a signal to be spectrally flattened; and filtering
the signal tolhe spectredbl yedording enddm. e iwkiid eréunlginfd d veehiedndm gur ed

according to the plurality of filter coefficients. 12. The method according
FoCol ai mehiigs PieRlith B mellscatons bR b W r R M Lol B acoor o ng
to a det @maidNasdd reypedritian, afd i nformation within an encoded speech
signal. li. The nmethod according to claiml, wherein said calculating a

wei ght ed sum whaginsdesmolpg hciudgs thealeplatinathevahisiod desieemiv waighisiedi ng to a
second ighting f [ val ue varies over ti.ng, .an erein said
ret od | e ot BrenP B RR MENLEIRLURSP YR G AebBBs TR St ng” Fact or
based on hhfenpady e (BY cal@llatnigige ta0ueadf themst weabtimogr accprliho@itké ty and a
harmoni city and (B) calguLatin? the value of the first weighting factor
accor di nyakigof e scapafl e Bfing sl¥econd wei ghting factor. 14. 'f he net hod
according to claiml, wherein said calculating a weighted sum i ncludes
wei ghti ng the nodul ated noi se signal according to a second wei ghting
factor, and wher eilh saihdd ratohdde cortpni seseamt eud edltwigitgrewdizhist sand second
meighting factors, . L . C

ncludes welghting the modulated noise signal according to a second weighting factor,

and

wherein said method comprises calculating the first and second weighting factors
such that a sum of the energies of the first and second weighting factors is substantially

constant over time.

15. The method according to claim 1, wherein said parameter relating to at
least one among a periodicity and a harmonicity indicates a degree of voicing of the

speech signal.

t0. The method according to claim 15, whetein said method comprises
obtaining the narrowband excitation signal and a pitch gain value from a quantized
representation of a narrowband residual of the speech signal. and

wherein said parameter relating to at least one among a periodicity and a

harmonicity is the pitch gain value.

I7. "The method according to claim 1, said method comprising encoding a

highband speech signal according to the highband excitation signal.



such that a sumof the energies of the first and second weighting factors
is substantially constant over tine. 15. | he nmethod according to claiml,
wherein said paraneter relating to at |east one anbng a periodicity and a
harnmoni city indicates a degree of voicing of the speech signal. 16. The
met hod according to claim15, mherein(iaid met hod conprises obtaining the
narrowband excitation signal and a pi% h gain value froma quantized
representation ofa narrowband residual ofthe speech signal, and wherein
said paranmeter relating to at | east one anobng a periodicity and a
harmonicity is the pitch gain value. 17. The nethod according to claiml,
sai d nmet hod cogpri aidg gnagdinddguam havinghkanthespeacdisingnalicactar diugg to the
hi ghband excitation signal. 56 18. A data storage nedi um havi ng

machi ne- éxertingisrecuing fredpsiiushenstn aerferaude methpd pisiwaalgasstingg t he
i”StrUCtB&QﬁmkgupgﬁﬁﬁFQﬁkﬁﬁnﬁﬁﬁﬁpd of signal processing according to any
one of cl'aims 1-17° 19.” A apparatus conprising: a spectrum extender
configured to performa harnonic extension ol'the spectrum ofa signal that
i s based on a narrqowband excitation signal; an envel ope cal cul ator
configured to'dal cONM@PBa4IUE CHBPHYMEI n envel ope ofa signal that is based on
the narrowbang xehhabhOResdfdhicd fo bdiloh ARRRMACLNERN] Stnednd-guRer f of m a
nodul ati on of a hoi se signal according to the tinme-donain envel ope; and a
second conbisizesl tcans bged eda haroabandleatiatian wehght ed sum of (A) a
harnmoni cal ly extended @ignal Qased on A (esult af sai d arnDnicrgftension
and (B) a moddl SPEPRIGH BRI CGNAU T EHO& CHRCE PREAPPAETEHPH Mottt i on,
wher ei N {he i HEPHPRE @S w btk Oithtidh 9ahl; | S based on a residual of a speech
signal, and wherein the second conbiner is configured to calculate the

wei ght ed sum byirstweinghiei aepiigheedha pendrrincainpgulaaneridenpissisggnal acserdonedbng to a
first meh h}ing f act or .. whos val ue varies over tinme and is based on a

par amet er qug—PW5m§@v§9p$gg t one anong a periodicity and a harnonicity
of the speechast@nalcomBMdr configured to calculate a weighted sum of (A) a harmonically

extended signal based on a result of said harmonic extension and (B) a modulated noise
signal based on a result of said modulation,

wherein the narrowband excitation signal is based on a residual of a speech signal,
and

wherein the second combiner is configured to calculate the weighted sum by
weighting the harmonically extended signal according to a first weighting factor, whose
value varies over time and is based on a parameter relating to at least one among a
periodicity and a harmonicity of the speech signal, and

wherein the highband excitation signal is based on a result of the weighted sum.

20. The apparatus according to claim |9, wherein said spectrum extender is
configured to apply a nonlinear function to perform the harmonic extension of the

spectrum of a signal that is based on the narrowband excitation signal.

21 The apparatus according to claim 20, wherein the nonlinear tfunction
comprises at least one of the absolute value function, the squaring function, and a

clipping function.



wherein the highband excitation signal is based on a result of the weighted
sum 20. The apparatus according to claim 19, wherein said spectrum
extender is configured to apply a nonlinear function to performthe

har noni ¢ extension of the spectrumofa signal that is based on the
narrowband excitation signal. 31. fheiﬁpparatus according to claim?0,
wherein the nonlinear function conprises at |east one of the absolute

val ue function, the squaring function, and a clipping function. 57 22.
The appar at us,accordi ng..t.o cl.ai , YIN W i:near:, f. i is the
absol ute vaIuégfungg%%ﬂ%J%ki$§%gh§g%éﬁgﬁﬁg\ggiﬂﬁg?ﬂgthégfgﬁﬁpﬁbfgaherein
sai d envebapec calictinatiar. is configured to calculate the tinme-donmain

envel ope based on one anong the narrowband excitation signal, a | owband
speech signal based on the narrowband excitation signal, and the

harmoni cal 'y ext enggd, SJ.an@ acc@Bing T €1 FRREN LS 835G peiing: LR ueh@im 19,
wherein said spectrumextender is~ configured to perform a harnonic

ext ensi orowfiguditiosplesareuhe omealvmapsarvplope baedgnabng fravng ths nhasebhndn t he

narrowband .excitation signal. 25.. The apparatus according.to.claim19, said
Appar at G BEIBE FaMHgt KRG S Er ORGP EdHI TGP SIS T ERREFRITY 11 atten
at | east y@nerAORI0A IV &l Rpdical |y extended signal and the highband
excitation signal. 26. 1 he apparatus according to claim25. wherein said

spectral flattener is configured to calculate a plurality of filter
coefficients sedon a signhal to he spectrally flattened and tq filter
t he signal tola e sﬁg%ﬂ%gﬁfy‘%f%gggﬂgdadpﬁ%”ﬁ“"lpfgﬂf %J#P]?g?%ebgnfigured
accor di ngoh @ur@lopettah bthyrmednid élidBonedefef doediemi 8¢ an2ibsanhpled digpalriadtus
according to claim19, said apparatus conprising a noise generator

conf i gur edbased gehematrewbye yeidnsigalal according to a deterninistic
function of information wthin an encoded speech signal. 28. The apparatus
according to claim 19, wherein said second conbiner is configured to

cal cul at e t he2dei githedpumnudyccudinght ichgm tihssaigphatiedomorisieg sisgurah|
according to a second wei ghting factor whose val ue varies over tinme, and
wher ei n SBiENe sef Ry rEdrsperdilly Jatamtigsrag ameng Mye haaneniralbexigided al ue of

t he SeC%ﬂﬁaM§hqm$Mgﬂx%e%&8&n£ﬁ§ﬁﬁm0n the paraneter relating to at |east
ga '

one anon

26.  The apparatus according to claim 25, wherein said spectral flattener is
configured to calculate a plurality of filter coetticients based on a signal to be spectrally
flattened and to filter the signal to be spectrally flattened with a whitening filter

configured according to the plurality of filter coefficients.

27. The apparatus according to claim 19, said apparatus comprising a noise
generator configured to generate the noise signal according to a deterministic function of

information within an encoded speech signal.

28.  The apparatus according to claim 19, wherein said second combiner is
configured to calculate the weighted sum by weighting the modulated noise signal
according to a second weighting factor whose value varies over time, and

wherein said second combiner is configured to (A) calculate the value of the

second weighting factor based on the parameter relating to at least one among a



58 periodicity and a harrnonicity and (B) calculate the value ofthe first
wei ghting factor according to the value of the second wei ghting factor.
29. The apparatus according to claim 19, wherein said second conbiner is
configured to weight the nodul ated noise signal according to a second

wei ghting factor, and wherein said sggond conmbiner is configured to

cal cul ate the flrst and second melg ing factors such that a sum of the
energies of the first and second weighting factors is substantlally

const ant e r 0 rein said
par anet ofF \r(% 101{} d18a h%ph?mg'ify %R%@)@&l&'ﬁat@% vaﬂleggltlgedtlngl \?!ﬂ@én a@@gr roni ci ty
indiCateau®nﬂmgkﬁﬁeOﬂuwcfmbl@mﬁﬂwkhﬁﬂngﬁ@&ﬁh si gnal . 31 The appar at us
according to claim30, wherein said apparatus includes a dequanti zer
configured to obtain the narrowband excitation signal and a pitch gain

val ue from a,quanij, g%aFa%rd%EﬁHﬁng% ORin®T o AvALiE opand @@h@'i‘d@t' isof the
speech signal, and el n sal raneter relating fo at [east one anong a
perlodlcmmwgmnwtawwhﬁﬁﬂﬂﬂﬂ@@ﬂmyjm@sdi@mapmkohMQﬂmnu&ahweMagﬁmgfmﬂoapparatus
according to claim 19, said apparatus including a highband speech encoder
configuré to encode a hi ghhand speech signal according to the hi ghband
excitation sigpglein 3Rt sel BRI &Hﬂﬁlﬂ@-ﬁ%ﬂﬁ%ﬁr@ﬂ Al fe Hedl kg se@alid appar at us
conprising a cellular telephone he apparatus according to claim 19,
sai d appavcathuisg @mtm mhmlgata sdovif the engigidsiod thedtrsttand secomd et ghding lfagteb i ty  of
packets cor I| | %@ version of the Internet Protocol, wherein the
plurality’? “@égké g"% EYF'BEE t he narrowband excitation S|gnal i9 35.
The apparatus according to claim19, said apparatus conprising a device
configured to receive a plurality of packets coin pliant with a version of
the Internet 3®rot dbokppaidierasterdineo plam a9.ivtieram s@é@k@t@tedefé@tmﬁ@gt t he
narromband exci t t|on S 6 An ap I ns for

nar ront e BP0 i mg ARt Rono D REPEI AT BREP S Btk ofFEN

nar r owbangkeeikcigh@lt i on si gnal ;

31.  The apparatus according to claim 30, wherein said apparatus includes a
dequantizer configured to obtain the narrowband excitation signal and a pitch gain value
from a quantized representation of a narrowband residual of the speech signal, and

wherein said parameter relating to at least one among a periodicity and a

harmonicity is the pitch gain value.

32, The apparatus according to claim 19, said apparatus including a highband
speech encoder configured to encode a highband speech signal according to the highband

excitation signal.

33. The apparatus according to claim 19, said apparatus comprising a cellular
telephone.
34.  The apparatus according to claim 19, said apparatus comprising a device

configured to transmit a plurality of packets compliant with a version of the Internet

Protocol, wherein the plurality of packets describes the narrowband excitation signal.



means for calculating a tinme-domain envel ope of a signal that is based on
the narrowband excitation signal; neans for nodul ating a noi se signal
according to the tinme-domain envel ope; and neans for calculating a

wei ghted sum of (A) a harnonically extended signal based on a result of
said harnonically extending and (B) aﬂﬁndulated noi se signal based on a
result of said nodul ating, wherein the narrowband excitation signal is
based on a residual of a speech signal, and wherein said neans for

cal cul ati ng a-yei gh i.s.capfiguy ta.cal cul at ¥ [ d sum by
wei ghti ng the3§grnéh?%ﬁ%ﬂg&ﬁﬁfgggﬁdggwgﬂéﬁgﬁ@%gpgfﬁ%%?@Bng rg?hgﬁeighting
factor, whoEeraabueccwara gerabwert packees cangliast vodsedereinn af paraweicer rel ating
to at |east one anong periaodicity and a harnonjcity of . the speech

si gnal , afo aew@rﬁnﬁwa}mabw@@acwe@%{ﬂ%@&ﬂwﬁa@ﬂa})andsﬁXﬁat%téw %#athe wei ght ed
sum 37. The apparatus according to claim 36, said apparatus conprising a
cellular telephone. 38. A nethod of generating a highband excitation
signal, said fethodn appapius somprisical cul ati ng a harnoni cally extended signa
by applying a npnlinﬁar fun tiona}o @ ‘naryomﬁ@nd eﬁﬁitaiig si gnal derived
froma | ow fr8HARNEY "HEINIGRY BT SHBE R Yt S 82NN RPHY P Re
harnnnicgbh&w§mg%gg%gm§ggﬁﬁk with a nodul ated noise signal to generate a
hi ghband excitation signal, 60 wherein said mxing includes weighting the
har noni cal | y extenidedalsilgim a moedpaaingnrdope ¢iiarsgnaldiagistbasey ohale or whose
val ue varies over ti and wei ghting the nodul ated noi se signal according
to a sec&ﬁHOVﬁ@1ﬁ¥Fﬁgﬁm3@?8¥ whose val ue varies over tine, and wherein a
sun of the enefegheHr ffodtiRBnd & héike ag@hla@&)mamgmhghﬁqierwuﬁaacméﬁ)pb;%nd
substantially constant over tinme. 39. The nethod according to claim 38,
wher ei n t he naranhiacaleuladng onweighted lem oAHdlH hnrmonighliecftended signal 40. The

et hod a%%&aladoinréQ'egu?t oqlsgiidrpa?’n%niga?‘liy%x{gﬁgiplggn& fﬁsparl%géanQ[eg %lgéj éigﬁejl Bkl he

on a result of said modulating.

wherein the narrowband excitation signal is based on a residual of a speech signal,
and

wherein said means for calculating a weighted sum is configured to calculate the
weighted sum by weighting the harmonically extended signal according to a first
weighting factor, whose value varies over time and is based on a parameter relating to at
least one among a periodicity and a harmonicity of the speech signal, and

wherein the highband excitation signal is based on the weighted sum.

37.  The apparatus according to claim 36, said apparatus comprising a cellular
telephone.

38. A method of generating a highband excitation signal, said method
comprising:

calculating a harmonically extended signal by applying a nonlinear function to a
narrowband excitation signal derived from a low-frequency portion of a speech signal,
and

mixing the harmonically extended signal with a modulated noise signal to

generate a highband excitation signal,



nodul at ed noi se signal by nodul ating a noi se signal according to a

ti me-domain envel ope of one anobng the narrowband excitation signal, a
narrowband speech signal based on the narrowband excitation signal, and

t he harnonically extended signal. 41. The nethod according to claim 38,
wherein said nethod conprises encodi a hi ghhand portion of the speech
signal according to the highband excitation signal. 42. The nethod
according to claim 38, said nethod conprising decoding a highband portion
of the speech, i, anal. AGRALAIGLA, LD abRand, e8! Lalien phonal and a
plurality of iTter paraneters that~describe a spé%tra envel ope of a

hi ghhand apordingt ofirst keighsipeaclr shgralalued3riesiher nethod waghongdileg to claim
|, said nmethod conprising decoding a highband speech signal.according to
the hi ghBRHHIBHEPEREIEGH BrgAME AAGCRNANGIEF T (RoBF Vor YR BESAEer s ¢ hat
descri be gespgectral envel ope of a highband portion of the speech signal.
44. The apparatus according to claim19, said apparatus including a

hi ghband spesbhrethecoder! honhdrgias ettht firdenbsteord Weightegidcopaech si gna
according &f hhﬁ highband 1 excitation signal and a plurality of filter
par anet er Y HHE e Y A" hect ral envel ope of a hi ghband portion of the
speech signal. 45. The apparatus according to claim 36, said apparatus

i ncludi ng neans for decoding a highband speech signal according to the

hi ghband exci tat i ohhsingthal agquediag tptlumals. syewtn thi hpelincpaiuaptands giet hat
describe _a spectral envel ope of a highband portion of the speech signal.
46. The §§%§$§fﬁgeg%%gghing to claim 36, wherein said neans for cal cul ati ng
a weighted sumis configured to weight the nodul ated noi se signa
according to a second weighting factor_ whose val ue varjes over tine, and
wherei n sai d fBans Thomedgd aggosdinnép daitetfypiid ancdipdh cogpeisngicalarladng He

cal cul at G, fifueaRIHSidh hFoARGARL NGl LRGP RRREG RN, he par amet er
relating to at |east “one” anong pertodicity and a harrmoni city, and
wher ei n savdopednge haon gt auiratbang eaciveeioghicesl, s nmrdgbandnpeeghs@dalt o
calculate the value ofthe first weighting factor according to the val ue of
the seco aseaéandilﬁw@w%%@ aC.'tatIQWS.'g%eﬂnaHﬁ%ﬁap%caalbyc%#md%S' #lcl ai m 36,

wherein said neans for calculating a
41. The method according to claim 38, wherein said method comprises
encoding a highband portion of the speech signal according to the highband excitation

signal.

42, The method according to claim 38, said method comprising decoding a
highband portion of the speech signal according to the highband excitation signal and a
plurality of filter parameters that describe a spectral envelope of a highband portion of the

speech signal.

43.  The method according to claim |, said method comprising decoding a
highband speech signal according to the highband excitation signal and a plurality of
filter parameters that describe a spectral envelope of a highband portion of the speech

signal.

4. The apparatus according Lo claim 19, said apparatus including a highband

speech decoder configured to decode a highband speech signal according to the highband



wei ghted sumis configured to wei ght the nodul ated noi se signal according
to a second weighting factor, and wherein said neans for calculating a

wei ghted sumis configured to calculate the first and second wei ghting
factors such that a sumof the energies of the first and second weighting
factors is substantially constant oveé time. 48. The apparatus according to
claim 36, wherein said paraneter rela %ng to at |east one anong a
periodicity and a harnonicity indicates a degree of voicing of the speech
signal. 49.. the ap. t ccarding,.t. apm 48,...mwherein. sal ratus
conpriseé%“ﬁégﬁggggﬁhgspgrﬁﬁig¥ﬁh@qﬁé§ﬁ§¥" gﬁh$§§%%?§ﬁﬁ%ﬁ”§$§ﬂ%@P@%h a pitch
gai n val wehbaehpatiorgeiaht sixech sigptesent ati on of a narrowband resi dual

of "tthe speech signal, and 62 wherein said paraneter relating to at | east
one anong a periodicity and a harnonicity is the pitch gain value. 50. The

data storage nedi um,ageArMingcsQirchakmnl8s, s‘ﬁ’ﬁi%p%%;ﬂtt%%@u ndimshas

machi ne- execut abl e i nstructions that cause a nachi ne executing the
i nst r uct iderslingor higheind kpecch signadiotcatied tnike Sezhbaghadcitaceoriglishgnd® a second

wei ghting, facto ose value vari.es over ti C ulgte,the val.ye of the
second wertshiy R HEaRGmals Ui Sietife PeFbanstonai W5 bORieh PLltE: “one
among a RedkRdispAity and a harnonicity, and calculate the value of the first
wei ghting factor according to the value ofthe second weighting factor. 51.
"h he data storage medi um according to claim 18, wherein said nmedi um has
nachine-execuhgbleJLnstnugthns_thqt\Fau§§ 8 nachjﬁe eéeﬁﬁtjp% &pg}
instructions to: B¢ AT et AP S8 R aP & LG Al "NREO GG Y 5 second
wei ght i ngydi@edddum RREniGatEW \adigh tiembdngtd Anck secoactoneh@htd agodact ors
such that a sum of the energies of the first and second wei ghting factors

i s subst arrighaing yackwrigtoantalgyesriesione. il and he dat a storage nedi um accor di ng
to claim 18, \M]']%Feﬂ]&iél%le%sﬁstr &%‘éﬂ%{né arﬁéigqtt%cps% %c%@ﬂfgﬁ@ﬂa Qi g a
a harnoni city 1ndl cates egreée o

periodicity and ni ¢ gr Vol Cl ng O e speech

si gnal . S53lueThehedatondStcdgiaigg (i basadacane farb@eteOretdtinind bideasobed ei n sai d
medi um has machi ne-executabl e instructions that cause a nmachi ne executing
t he i nst rAAUWNEMeriedciBpang; aharmonicity, and

wherein said means for calculating a weighted sum is configured to calculate the

value of the first weighting factor according to the value of the second weighting factor.

47.  The apparatus according to claim 36, wherein said means for calculating a
weighted sum is configured to weight the modulated noise signal according to a second
weighting factor, and

wherein said means for calculating a weighted sum is configured to calculate the
first and second weighting factors such that a sum of the energies of the first and second

weighting factors is substantially constant over time.

48. The apparatus according to claim 36, wherein said parameter relating to at
least one among a periodicity and a harmonicity indicates a degree of voicing of the

speech signal.

49, The apparatus according to claim 48, wherein said apparatus comprises
means for obtaining the narrowband excitation signal and a pitch gain value from a

quantized representation of a narrowband residual of the speech signal, and



t he narrowband excitation signal and a pitch gain value froma quantized
representation of a narrowband residual of the speech signal, and wherein
said paranmeter relating to at | east one anbng a periodicity and a
harnmonicity is the pitch gain value. 63 54, The data storage nedi um
according to claim18. wherein said ngpiun1has machi ne- execut abl e
instructions that cause a machi ne exé%uting the instructions to encode a
hi ghband speech signal according to the highband excitation signal. 55. The
data storage MRAIM.ALGONALDG.IAE Rl MdBoncIARTEL ARl U MRl fim has
machi ne- execut abl & 1 nstTuctons that cause a machine execu Ing the

i nst ruct hemsorfidty idheqiteh gaihivghiband speech signal according to the hi ghband
excitation signal and a plurality of filter paraneters that describe a
spectral envel ope of it highband portion of the speech signal. 56. The
data storage gpdi um,aggotdlig ik é‘dcﬁ?d%gg oWeh e N, fakM TRALUMLAXSSs

machi ne- execut abl e 1 nstructions that cause a nachi ne executing the

i nstruct incabint-exegeneratteictihes thai aesesi gadincaccanadignige insratided ©r m ni stic
function of infornq}ion ithin an anoﬁed speech sigqgj.,S?. The net hod
according to SEEMhiMganodRGisesHNg’ HEPH 1RAnprand eI I Y Y hSe a noi se
signal aggREdLMG &ver @ndetermnistic function of information wthin an
encoded speech signal; and produci ng the nodul at ed noi se signal by

modul ati ng t healndats¢hsvalurad! thewoen weghtmg factbt asediomthierpasmetdrogleting a
signal that is based on the nﬁrrqrbﬁnd excitation signal. 58. The nethod
accor di ngP t'deEt YTAMRE ARFeiChY 8% 4NHMOMTEY il udes cal cul ating the val ue

of the Secondc%&l%&ﬁ@&lﬁ@&t@éﬂﬁﬂ@@%h@:{%ﬁctﬁﬁé@@ﬁﬁ@toﬁﬁé alidogrhe at | east
one anong a periodicity and a harnonicity of the speech signal, and wherein

sai d mi xiseeynil melahties fasadrcul ating the val ue of the first weighting factor
according to the value of the second weighting factor. 59. the nethod
according to claim58, wherein said paraneter relating to at |east one
anong a peri odici t yhaosla srohat meaiumh hatoididl cates 1@, degtresa@f mv@inginag of the
speech signal. 64 60. The apparatus according to claimb58, wherein said
met hod i rigdchigesxecutable instructions that cause a machine executing the instructions to:

weight the modulated noise signal according to a second weighting factor, and

calculate the first and second weighting factors such that a sum of the energies of

the first and second weighting factors is substantially constant over time.

52, The data storage medium according to claim 18, wherein said parameter
relating to at least one among a periodicity and a harmonicity indicates a degree of

voicing of the speech signal.

33. The data storage medium according to claim 52, wherein said medium has
machine-executable instructions that cause a machine executing the instructions to obtain
the narrowband excitatton signal and a pitch gain value from a quantized representation
of a narrowband residual of the speech signal, and

wherein said parameter relating to at Jeast one among a periodicity and a

harmonicity is the pitch gain value.



obt ai ni ng the narrowband excitation signal and a pitch gain value froma
quanti zed representation of a residual ofthe | owfrequency portion, and
wherein said paraneter relating to at | east one anong a periodicity and a
harnmonicity is the pitch gain val ue.

63

54. The data storage medium according o claim 18, wherein said medium has
machine-executable instructions that cause a machine executing the instructions to

encode a highband speech signal according to the highband excitation signal.

55.  The data storage medium according to claim 18, wherein said medium has
machine-executable instructions that cause a machine executing the instructions to
decode a highband speech signal according to the highband excitation signal and a
plurality of filter parameters that describe a spectral envelope of a highband portion of the

speech signal.

56.  The data storage medium according to claim 18, wherein said medium has
machine-executable instructions that cause a machine executing the instructions to
generate the noise signal according to a deterministic function of information within an

encoded speech signal.

57.  The method according to claim 38, wherein said method comprises:

generating a noise signal according to a deterministic function of information
within an encoded speech signal; and

producing the modulated noise signal by modulating the noise signal according to

a time-domain envelope of a signal that is based on the narrowband excitation signal.

58.  The method according to claim 38, wherein said mixing includes
calculating the value of the second weighting factor based on a parameter relating to at
least one among a periodicity and a harmonicity of the speech signal, and

wherein said mixing includes calculating the value of the first weighting factor

according to the value of the second weighting factor.

59. The method according o claim 58, wherein said parameter relating 1o at
least one among a periodicity and a harmonicity indicates a degree of voicing of the

speech signal.
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60.  The apparatus according to claim 58, wherein said method includes
obtaining the narrowband excitation signal and a pitch gain value from a quantized
representation of a residual of the low-frequency portion, and

wherein said parameter relating to at least one among a periodicity and a

harmonicity is the pitch gain value.



