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WO 21)1)61130236 PCTIUS211116/11131111) ROBUST DECODER
TECHNICAL FIELD Described tools and techniques relate to audio

WQahecs302#d particularly to techniques for dealing with delay®§ 6{Ug06/013010

encoded audio information. 5 BACKGROUND With the emergence of

digital wireless telephone g Q?)dﬁrglo over the Internet,

and Internet telephony, digita processmg an very of speech has

become commonplace. EngiBEENEeAT AR of techniques to process
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used to represent a sample. More possible values for each samp

HidiaaiptiErasmniter Soandestad these deghaidnss e belps éovm#atﬁﬂi@ fpw audio
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sampling rates are 8,000, 11,025, 22,050, 000, 44,100, 4

DB RS H | SSISETABKF 21 Tera e Wit e vesia. Frlving 6?189]& éepth and
witipRHgasent quality levels, along with corresponding raw bit rate costs.

Sampl De{)tg mpling Rate Channel aw Bit Rate blts/s 3

(samp eé%’ee er?(% @Elrgc(]ts)lf’s eccljcr?ge) SHG' o iﬁezq'gnta
sampte 38200 ot§ld vil@sfereach Shmplb(l@pitfalﬁajaﬁdls @hwamlit}r output
giferent, graliRUgio Ashd APIGHBAWSHBE LRRIhBISNQUAlRY. Qﬂgé%ﬁe has

high bit rate. High quality audio information consumes large amounts of

Zopripossirastaluse ﬁ&ﬁ%?ﬁ&é}bﬁﬁwﬁamﬁﬁ%ﬁwamw@%nd
computeE RehpRiksdRAkRAIAReANGES 49 tREQRRSSF dWsaigHel piditbond) also

e enion 1R SRS SR oRng. o R SRR D 90l
frequencies of sound can be represented. Some common sampling rates are 8,000, 11,025,

22,050, 32,000, 44,100, 48,000, and 96,000 samples/second (Hz). Table 1 shows several

formats of audio with different quality levels, along with corresponding raw bit rate costs.

Sample Depth Sampling Rate Channel | Raw Bit Rate
(bits/sample) (samples/second) | Mode (bits/second)
8 8,000 mono 64,000

8 11,025 mono 88,200

16 44,100 stereo 1,411,200

Table 1: Bit rates for different quality audio
As Table 1 shows, the cost of high quality audio is high bit rate. High quality
audio information consumes large amounts of computer storage and transmission capacity.
Many computers and computer networks lack the resources to process raw digital audio.
Compression (also called encoding or coding) decreases the cost of storing and

transmitting audio information by converting the information into a lower bit rate form.
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30 transmitting audio information by converting the information into a
lower bit rate form. 1 WO 21)1)61130236 PCTIUS211116/11131111)

W@HHERSon can be lossless (in which quality does not suffePCdrusaeis/1h3010

which quality suffers but bit rate reduction from subsequent lossless
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adapted for speech. One type of conventional speech codes uses linear
PreariedredPu s anesop et ierradpRrt dsicer aiihdrsiules two or
srvethhsiage Ol the eheoktaidflingtsdnd chrantizesiaedfickittaigeadmear

Prrediction filtéar Wmch is usded to red|fct samsglrﬁe\%allues.z a Iinea}r C
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ersleqs anskpitstesngsienhaiyiedivatednpiad foohrhsicondisensid naflioother codecs
accpraielyiy edetep atbeadiiiciing sHicgme stages, the speech codec

uses different compressjon techniques for voiced segments )
(charaRér788 My FRtRHORBtaPFRSPERSIES, 1RV ERASE REGIIOME arlie¥Rent
segpienioa seespifeient ddndsicdlspaasheha e gitleRistepbadactridstiod
\{l%hct‘?z%ssﬁ%%%stsz yRical B‘%‘é‘&%&%‘&ﬂ% Uy Lpeatn e‘éot'&”}gg?&t%%‘m%e values
ven In the residual domain. +0r voice ségmentls,t e ernrcoder aclieves

fatihesr compiratioimrobyrecrdivasagniseysluaent Kestitakdigighberyeseairidasan
reRidal ey aies BRtheReRYng Weruireiesiduals géﬁlré%ff BRRQEd6\PYe

or lag information relative to the previous cycles. The encoder handles

Y. : !
Btisenegisdrgmamiirss hdthnsRcihecrioiisel SEFsnhrRMpressitietbpiques for
esleatiagiepre adatationAduy i dhehbriedbRiR@g iancid simiénts, and silent
Informaion ¢ difidrelt ‘%h"?{qéyo%’éﬁ%g&eﬁm‘?ggﬁ e‘y?e%‘f%ha%l‘é*i‘é’r%‘ 0.SQe SPES s
codecs described above nave good overall performance 1or many
apphidtihs)itheghhaepestveralidinavoticls, enepanite/msidenlatehain. For
%ﬁ\éﬁ)?e%ﬁeﬁ%ffﬂﬁeencoder achieves further compression by comparing the current

residual signal to previous residual cycles and encoding the current residual signal in terms

of delay or lag information relative to the previous cycles. The encoder handles other
discrepancies between the original signal and the predicted, encoded representation (from
the linear prediction and delay information) using specially designed codebooks.
Although some speech codecs described above have good overall performance for
many applications, they have several drawbacks. In particular, several drawbacks surface

when the speech codecs are used in conjunction with dynamic network resources. In such
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when the speech codecs are used in conjunction with dynamic network
resources. In such 2 WO 21)1)61130236 PCTIUS211116/11131111)

W@ 2eHarsiz3encoded speech may be lost because of a temporBI/US2006/013010
bandwidth shortage or other problem. A. Ineffective Concealment
J&&%E'{HQ WESoULASPRRR R BOISPBEELS BF £ ReRlReP BRRAN AP HUIR SR br
such as by where they 5-are lost, delayed, corrupted or otherwise made
AihraBhlem- transit or elsewhere, decoders often attempt to conceal the
missing, pachatfiR sanGoitailiemntTychxafigle, some decoders simply
repeat,packets that have alrea recel ed. If there are sigpificant
Iossesm? pacrke?snhow%vgretsthg,gecﬁer?liqs gegaﬁrafﬂé n%esuelttl gg Sjvrg} &y
aye ity dflabed, devotted gpetéetwmmmﬂemsew@@@deué arsdseiidhese, decoders

SRRNIEEERIGH CARERAIBEREIEEHIGUASHIER AR Hie:, WRYRIHDRIWALLY
overlap-add method ("WSOL This technique extends the decoded

%Eﬁai’aré@H&W&%ﬁb@%ﬂf&m&aaaale&dwe@aﬁ&%ﬁ& ERBREFP Sjteicant
Tdasesl ghpaumgmﬁﬁvavatameseeﬁlﬁqu pitichlgyetak i Higrndihgohtignolfehe
ciné)rgegffectl ein ctonceallng missing packets than merely repeating
earlier p%cﬁ(ets ‘ﬁowever it may not be 15 ideal for all situations.
Morecvaneitedaspueriuotesnplisiiciitd euwadmeideslivigshsasgh as the

m‘%eﬂmgﬁh%ﬂpgmgpu&@)nétﬁbas(uw&s@t%exteﬂﬁs%m&&{ef&%@

Additionally, many frames depend on memory of decoded characterlstlcs

depreditiiorsism ?§88ﬁe§§e§%ﬂsﬂ?aﬂ<§i@h&ﬂﬁi@f&%?%@&& RGSHRErE
ﬁu@ht&dm&g&@ﬁmfmhgm&l{awhe Helmmqmmkeﬁa Heahwe aftebiaeciibeen
used }o roduce th lost OdeI F) EQ S|96Ia{ %Ja|ln¥)
concealing misst ac ets ere repka ear oW t t be
may be egraagg even ort e reteive mest ow mlssmg

iteahios 2B sinefiisienMorépedfeitvon me@pednnﬁ@ekétlmmydeéﬁwuﬁm%g
ﬁ@&ﬁ%ﬁ%a@%‘?ﬂﬁgﬁ%@&%bolm%'ﬁ@HQG SREINGHATSPROEshE a decoder

appllcatlon each packet may experience a different delay due to, for

examphedtioRBik PENY et PP RBPRY AR SbRER AR Gfin
}ﬁdiﬁ(ﬁ&ﬁ&‘fﬁr@é’d@uéﬂ’laﬂ theyatiersigenhisfnydiplidaidingr Yaeadatinaymory does
n&lg)%s t§. t@%sﬁ'llgﬁ“ Settso‘[}ga?| emi ave%esw?lgeg?cogo uc% fer gqaﬁr taqgtlost

IS expe enoug oW a sufficient number o pac
@nlnyeia@mq)e Hestmel qnatlmén@ytb@ @%@M&W‘Pfs@é 1Qeiyed isemes that follow
ﬁ%{ggﬁ@ﬂggg concern may be overall delay in the system, especially for
real-time, |nteract|ve appllcatlons such 30 as telehony. One approach to
calculBing tHaesf el 3

pac ket@sqﬂdku&a)ﬂmbdmayu&duefaﬁmtgm des B’dilegdﬁhzyomi@i pagkdet dder

ggglllcalt%n, each packet may experience a different delay due to, for example, network

variations. This can also result in packets arriving in a different order than they were sent.
An application or decoder may calculate delay statistics to determine a desired decoder
buffer delay that is expected to be long enough to allow a sufficient number of packets to
arrive at the decoder in time to be decoded and used. Of course, a countervailing concern
may be overall delay in the system, especially for real-time, interactive applications such
as telephony.

One approach to calculating the optimal delay is to look at the maximum delay of
previous packets and use that delay value as a guide. The delay of a packet is typically
determined by calculating the difference between a sent time stamp applied on the encoder

side when the packet is sent and a received time stamp applied on the decoder side when
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determined by calculating the difference between a sent time stamp
applied on the encoder side when the packet is sent and a received time

WQe L d3Bked on the decoder side when 3 WO 21)1)61130236T/US2006/013010
PCTIUS211116/11131111) the packet is received. However, sometimes

tgé' l%?fétq%%c gi_é&. BN MERYSieiRad %w%argmﬁg@ﬁ@%em t0

ackets. In addition, it is sometimes better to let a few packets arrive too
adapt ta HETPRIFIBLETR PRskes: iongH iy osrganbbriiviéerist aifivipydsts
Rabo |3ie Racketsikd Balienaliie islcaiclaiivgothe dericerdipiay outlier,
based on formulas such as running averages, and running variance
1848 REKESns. However, many parameters need to be optimized in such
calcul@tiendigantive is citficlating fiaddsicedideteyrhekedbbémmubes swlasationing

ﬁ@%@g@ﬁ@?&ﬁﬂ&%ﬁﬁhﬁawwaﬁaﬁ@ﬁmeb@éiﬂgr;phsa@a&w@y%éﬁm

repreésentative population of hi_stli?g values on the other hand, 10 Another
RHpHEaS N ek arisuiniona Rkt HEeRk tEnd e dirbiutrs o hetueiple,
Albisiagnami ot Rreketsieiays Maynbasmyiniaibathglhe svicinmiéa binain the
delay time histogram represents the desired accuracy with which the
f%ﬁ%ﬁ‘i"‘&&?&ﬁ}#‘t‘h@c%’? Llﬁacila’d‘{a eescorl(le(%aﬁselrcl)g1 ?ﬁ%lal%ﬁ size improves the
accuractidrashapsh of thditisipgratyza troxdiradsdlayrdistobytibe. For example,

Unds gg@%? ekl delay %&MQ&&&W heR @i@&%f’?ﬁﬁ%@ﬂévﬁaﬁfgﬁle

pac Is mapped to the correspondin? bin and the count of t

IeieRem mpteraNt e drsitsthere wraeiahrdichrbs endea iy & il besrienlated.
Ok:PAGKEIRe 6a1LS IMplbath echistsnate STRiGRWA iR difkpeassappliiately

"aging.” To find the n W%e ired delay, the decoder sets a desired loss
%‘E@r%ﬁi% ?}l}’ﬂ}&%%&te Q[f@f gg&’%noél percent and five percent. The
histogWéheris: amalpzekdterdete; thinethe Jelys 20pptiddatsirateiplylthabin
SRA\REUSEID ARR BYALIG IS SUiPthip B DS AEBRIRENUEN thiR MEPHRAL br

at some parameters need to be tuned, such as bin width, and aging

Jereeorksl PRlsivlicNBIN G Phendkins aresedledle ¥minamiaretcalgthgpsing” To

ﬁéﬁ@m\ﬁr&ést@ aging tﬁé;@éh&&ﬁlﬂ gmf@a?ea agsdga&ﬂy@ipiﬂam@?pﬁm@ i
the overa erformance of the techniqgue. In additign OCK-drl

A R SRS PR e Lt el fcdelehite e valpe
ofirodsiare dmyhmsam@déétoeklﬁhv& timcdm!rbxétwe_e ﬁ)mm&ﬂnsid'éh this
Qr%%g&%%ﬁ &Ehﬁ&%eﬁﬂy %%&%}@ Eé@&ﬁ@%@tﬂﬂeﬁ?&&ﬂ%'ﬁﬁﬂ%%}ﬂ%ﬁ gt PRRY:s.

eived time stamps, the overall delay has either a positive or a’ negative
Treadditipnialé ol packets R Hrasdemiwldniths pHSRE SRS P hiRHASRE en
ﬁ!{ﬂﬁﬁ(ﬁb fdBisiNayaam shaudieaistaticroR ViR Sa BYdiTcshmivasy tiBechnique.

etailed descriptign is directed to various_techpiques and tools for gudio
AR R AR D TLTRRER L et T o
diéfating deitives are not the same. If clock drift occurs between encoder-side devices that
apply sent time stamps and decoder-side devices that apply received time stamps, the
overall delay has either a positive or a negative trend. This can cause the histogram to
drift along the delay timeline even when the histogram should be static.
SUMMARY
In summary, the detailed description is directed to various techniques and tools for

audio codecs and specifically to tools and techniques related to techniques for dealing with
audio information that is missing for any reason. Described embodiments implement one

or more of the described techniques and tools including, but not limited to, the following:
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audio information that is missing for any reason. Described embodiments

implement one or more of the described techniques and tools including,
WoRteasNAdfed to, the following: 4 WO 21)1)61130236 PCT/US2006/013010

PCTIUS211116/11131111) In one aspect, if one or more missing frames

is encpupteredwhiie REAEERSID AR HSRT I Anas AR WiaRak- B8R 2 bit

concealment technique is selected from among multiple available i
wigpmmiferepenidintisatlciemieinrsemrgtisshpigicdsselesiet i pannpngruisple
dvarsvifagiass dihe daleciactspnst alonaijute dasiqueliapeifpiraes @rtemore
esult is.output. 5 In another aspect, when encountering one.or mor
e TR B PSR ST TFIOr e B g i A3 e S
signallbasethetagrast, ivisaremopitotingyaie simagn & vnen orsspre liows: bit

famenisg %G&@é%ai?&%&&lﬂyﬁ@}%ﬂa%ﬁéﬁ% 28 0 ARHSEEREAEs in

one or more frames missing from a bit stream for an audjo signal is
WA R RiRl Bt daATRsAt st Al RO RGP SRR BNt frame

is encousiened adfkthainebes aklaaskimisihg froniorbiatiesaticmn dhewhe signal

or more miasin frames. for Qecod{n .Sgbstciitu}gi fonnatig from the

18 encountered and a ¢ ncealmgn si1gna 1(??1‘? u&e . SubsSe ue? #ame 1S enc?untered
&SRR AInht S|gna?|s produced and felied on in place of the information
trairetive b hersimmere anissimy ftimmEsmolterisdy thersobseg Eandsdpie. In

ANCHEY 28RsEhA Ritsiream s AR YdiRaIgNAt BRI tesRRACWYBRA 2R& on in

or more 15 frames missing from the bit stream is encountered, then the
plRoe S diR dnfeemniion Giome FagiAe oF SR SRS IRR e rmia Serodn e bsequent
gxt@nsion signal contribution based at least in part on one or more values
aSSOCEated %ithazsin C val EIIP slgggf:r[ln}gf a%neg ’d?' ftse ; aalt?sresorz:%lscsle ur%%rﬂ Olgetgremore
concealfien esrigrPéﬁ, nd INg a noise Contributon to the concealmen

Syl nivieg fronctheritie smepth és eneowntensstahendbinpr frgming insindercepierating
éU&%‘%&i&EﬁtF%{gﬁﬁ%ﬁtﬁ@d{ﬂgw&{éﬁﬁ&fsﬁﬁﬁﬁ@Gn%ﬁgﬁ@}l'm@&%?éd&gn part on

energy of the extension signal contribution along at least part of the audio
G PRV B aammﬁfefle\ggrh@ﬁ%@%ﬁ%ﬂé@@&hﬁ?ﬁffﬁ&ﬁ%&%&%8f
ik leaskparéafsibempudingignaisdlomaveiogiathutbhcetneasisignile When
energy of the extension s}i]%nqllic%n%ggsuﬁigrg {H%'J;rg&léja% %readualégs. ma
d& rea%rllﬁé eeogﬁé”rf&oﬂ%l theeextansion 5|gna} IS mpérceBﬁEﬁe. BEI%O, Y
fimthenizniyde iethdueliedrsisastigeabworfitattsierdomsigrad qpraibuetign along at

flesreassarndthe Sasioy.afhanaiss centibulion-mavhe sradeatiibution

increased until the concealment signal consists essentially of a
ﬁp@&éb@ﬁﬁlﬁ@anevaféheﬁaé@@ﬁﬂ MoV SHHY destasiagihesmemn of
{ay afeayioiOsHigNabisIeRes se. M@ phiitallp®iing INeths enorgy Missithg
O R SR S AT e
avgitegededindeasassingdthe oragyef tiearciseardstitbusiotheay el atséually
FRANEALIRPRRC R Ralment signal consists essentially of a predetermined level of
background noise.

In another aspect, a bit stream for an audio signal is processed. When
encountering one or more missing frames from the bit stream, the processing includes
identifying plural available segments from an available frame, and for each of the plural
available segments, using one or more characteristics of the available segment to generate
a derived segment. A merged signal is formed using the plural available segments and the
plural derived segments. The available frame may be an unvoiced frame, and the one or

more characteristics may include energy of the available segment. The plural available
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a derived segment. A merged signal is formed using the plural available
segments and the plural derived segments. The available frame may be

WQR00¢V31eEd frame, and the one or more characteristics mayRfdlti§a006/013010
energy of the available segment. The plural available 5 WO

2 3023 2 6 ine fi
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merging the first derived segment with the secong derivedgﬁegﬁn%en ,dand 4
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receiy te ighe o] t '

A A S T A L S
oforne tedperkais. of hishaatabie pRinfribr@sinfitrioa nede Rt wbriphanlaodes
Qﬁﬁ:ﬁ%ﬁ?ﬁﬁﬁd : ﬁ%@?'ﬁ;@hﬂ?lﬁ;ﬁ H@Mﬂ%ﬂl@e‘iﬁﬁﬁf&ﬂﬁ@ﬂb@ﬁﬁ@% @tﬂ_&d’e?:éf:ft‘he set of
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Qﬁl@)ﬁ’)&%@ dT‘@YeiBFJHQ%d{Qﬁ@H Bgltﬁe| s Eﬁlﬂaﬁnﬁﬁﬁgfaﬁ%lﬁﬁliw&lf e }ow xlfalue
comprising a maximum aelay value, seaychi odes of the set o ral, .
OB U SLECBEQOY 1408 LA Vet e TGBB e desird
txadder paskbedigeatehenyandudisingting detely vhtbesof dfieliast natte to

be search i e ired
R AR A TSRS PG R AL P RO DI ST

soeessainelyTiow eadrius wepniatit s dsiadasbsndaerdss dap Resmprniheh and

iRdpnsodenyaifsisitienakiestidahanshratvaniagesivil frrvada.appaRNt
from_the followingg de%ailed descriptjon of different mbod%ents tha

RS e FErERC S B REC RSB ER I TG P50 Biiped desired

PRESCRIPHRION OF THE DRAWINGS
The various techniques and tools can be used in combination or independently.
Additional features and advantages will be made apparent from the following
detailed description of different embodiments that proceeds with reference to the
accompanying drawings.
BRIEF DESCRIPTION OF THE DRAWINGS

Figure 1 is a block diagram of a suitable computing environment in which one or

more of the described embodiments may be implemented.
Figure 2 is a block diagram of a network environment in conjunction with which

one or more of the described embodiments may be implemented.
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Figure 1 is a block diagram of a suitable computing environment in which
one or more of the described embodiments may be implemented. Figure

WQ 2806/ 3?3k diagram of a network environment in conjunction RETHUS166/013010

one or more of the described embodiments may be implemented. 6 WO

21)1)%@%3@%?0%%&& beak e LheEi WE EhdoBlOTK HRARIRILA'

a real-time speech frame encoder in conjunction with which one or more
voflvdhishsmessders v diadsstsived gBkodipratmariche mpliaarieda flow
diagranpaepiclingitheddgianmispiiansahe adehapiia anetRip ik ifemeters in
implementation. 5 Figure 5 is a block diagram of a real-time speech frame
Oa‘SéWEWnéﬁhﬁﬂhction with which one or more of the described
embodigven tsisraylbekidiptemerte dedFiguesiG:éshafsioclddiadenin copiotiien
Wik geRerahdoruRi-auin i BRI Al SHAmpIe ARGAERERIde VoIP

system. Figure 7 is a block diagram depicting the buffering, of samples in
an ex .

Higpre oioideckidingiea wwﬁegﬁm&dé%@ﬁ@ dgrRsip D an
aBeRisIpasKetvdgiayyslistribution. Figure 9 is a diagram of an
example packet del ata structure. Figyre,1Q is a flow diagram depicting
o exIFTE Dotk T B L L S e e S
deiguee-dideibuffevhe tchiqhiagram illustrating a technique for concealing
m'SS'r}qr%ﬁ{%\gO{QQ i pfermaion.flgui AAsRliasndiagram depicting

an example of a decoder memory recovery technique. DETAILED

DESCRgptr DR pdjassse Abaysmparagiidsly dredgirttechniques
and toals.fen precemsingiaysiodspionmatitnimprstligantior desgdiigiate
Withiéhese techpiques the quality of speech derived from a speech

LG TEHER S8 al-time speech codec, is improved. Such
improvéments$ imaydesudtifrdapthe ibstotvgrideshtéghmiquesmegudingohdssing

é%@é’ﬁ%l}’d%riﬁoﬁ%ﬂgmaﬂon' 25 Such techniques and tools may include
choosing a concealment technique based on characteristics of the audio

signalBEgiiol bisindlpiicHamen Agnis et reaBr1a Rhaircr dedrsmagsh recovery
reemEgament techniques. The techniques may also include encoding

some or all of a signal resylting Jr. echniques and using
the encoded information ﬂ%@@% used for decoding
future Pesckibts] éxalolitiomaity ath ditectdiqueshniques and tools for processing audio

information in encoding and/or decoding. With these techniques the quality of speech

derived from a speech codec, such as a real-time speech codec, is improved. Such
improvements may result from the use of various techniques and tools separately or in
combination.

Such techniques and tools may include choosing a concealment technique based on
characteristics of the audio signal and/or using pitch jittering in conjunction with pitch
extension concealment techniques. The techniques may also include encoding some or all
of a signal resulting from concealment techniques and using the encoded information to
regenerate the memory used for decoding future packets. Additionally, the techniques
may include calculating a desired packet delay value using a data structure adapted for
tracking and ordering packet delays.

Although operations for various techniques are described in a particular, sequential
order for the sake of presentation, it should be understood that this manner of description

encompasses minor rearrangements in the order of operations, unless a particular ordering
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30 may include calculating a desired packet delay value using a data
structure adapted for tracking and ordering packet delays. Although

WQRMET86for various techniques are described in a particulaPCIEREMEA13010
order for the sake of presentation, it should be understood that this

lm&}n%dofp%?%gampen oﬁ&ﬁ%ﬁ%é&:‘??béﬁ' gﬁ%@ﬂﬂ@pﬁ%ﬁﬂ@ dheayder of

operations, unless a partlcular ordering 7 61130236

PRI F PEYGFRE SPRqUYeRd ¥e%‘i’|‘€€l"‘1‘-‘o‘?°é§’§nﬁﬁ1§ of piEaieis flowcharts

ABPEHHEG SR HIRIYIRVH VBN B LA s B HIBQIEa ReR U OIsBE s BAREhction
conc%{%{er%t?l%{ﬂMoreover for the sake of simplicity, flowcharts may not
A

W S1€3vays in which particular techniques can be used in
conjurgtioe pavitbudtherrtpotingcpues 0Bt gtartcuid redimpatindeatures are

&QXH%H&’B&BW% 6‘?%1%’5@0@%‘?088%8 f@&ﬁﬂﬁ%%ﬁ{ﬁy%%%@éﬁ%qtﬁ%‘?}ﬁume

or more of the tools and techniques may be used with various different
difaenb hEsH AP BRSBTS IR andr s arEaLs fiFfErent BrfsobsedsacEor
di@mlﬂaadﬂ@tﬁ 618 @ftﬁ&‘iﬁ)ﬁﬂt Hbedmtu@dlﬂ&g@d eialeBh niguedtheyibs tpedo

I\éng%ge e%}f“ﬁt dCPn n%[o Ffl lgd(p % renggll 5 Ch & e moa%?} ation

e code mo |on ers, ranso CO ers an
witves,typeuh codlmssxn,dblavtb@hefpexafrmtbcanémwtbﬁe epdrtipderoheigt more

&%ﬁ%%&%ﬁ@guge&%mmglﬂ;fgewg&m@ 629688965 W RANE codecs.

codecs. As another example, one or more of the robust decoder

As AR R U8 S RRRT O HhE Fob RS slshedsr teshimre-MAY SRR st R
s deBridesizedigriinencosam dignaldsphitisigeContibutiang abnalitigeling

ban S ofa It| dbco(g cf 15| Cbom uti 9 Environment Figure 1
utions o gpe $Q uIt an (é%
strates a gener exam a suitablé computing environment

I(lOO) DowipietinenEnyingmme gt the descrlbed embodiments may be
imple 'F‘fgﬂ}@q ﬁD&ra@%@éHéﬁl%& 'é%}ﬁfﬁ@&f 1001810 %fﬁ';SﬁHHg glronment

8gest any limitation as to scope of use or functionality of the invention,
hi@ s ﬁpﬁwvéﬁﬂwmh%éc%@eﬁwéﬁf’émﬂtﬂw%@ spplemented. The

@ﬂﬂﬁﬁﬂg‘&fﬂ@(ﬁﬁt@hﬁﬂ@@bﬁk AU RASRIEO B RULNGRY [ﬁﬁh@ﬁﬂﬁ%s%ﬁ&ope of use
re elggt?gealt%%ﬁptlﬁg }{}Y%ﬁl%gaor?]&u%ngsenq\?r%g{trl](?nnltﬁ lqboe) 1'”8 lélr(iilteezn‘ceag %werse

ing'un id i mory ure T, , this Most basic
gumnftgmlapose@(w):cmlfpmwwmmmm daghmunknts: The processmg unit

(110) %ﬂ%ﬁe?eaeme%@@@h@%ﬁlﬁpﬁ@ﬁg@ﬁvm@a@ PRI1AER 3 Rt one

virtual processor. In a multi-processin 3 system, 25 multiplé processing

RIAReERS k(L AdrsmE {20k MdTiautondhis rsihasis sradisuwtign (130)
@Mﬁfdeﬁhelﬂmamaamkhaﬁiemabeqﬁoveé@m@memmy c{ﬁe@ltd@@iﬁiﬁﬁfcr%@bﬁable

RAM), non- olatllgergem ry Cr)ol\él ésISEOI;P aspogrel)SeSrInO elc. )
lg?m%)ﬁ%n%(%rrln Eton ?atﬁ %J‘?'E% memor n(ffé‘)l stores so %’ ?180)
nmjiipieprotassitesimig weecsecirmpuagreatcutable instructions to increase processing
power. The memory (120) may be volatile memory (e.g., registers, cache, RAM), non-
volatile memory (e.g., ROM, EEPROM, flash memory, etc.), or some combination of the
two. The memory (120) stores software (180) implementing techniques such as signal-
dependent concealment, pitch jittering, decoder memory recovery, and/or linked-list
packet delay calculations.

A computing environment (100) may have additional features. In Figure 1, the
computing environment (100) includes storage (140), one or more input devices (150), one
or more output devices (160), and one or more communication connections (170). An

interconnection mechanism (not shown) such as a bus, controller, or network interconnects
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dependent concealment, pitch j ittering, decoder memory recovery, and/or
linked-list 30 packet delay calculations. A computing environment (100)

Worgsh0@3additional features. In Figure 1, the computing enREF{H#@A6/013010
(100) includes storage (140), one or more input devices (150), one or

ore output devices (160), and on C jcation ¢ lons
B R o A SO RIS R SRR RRinS
sofritrstiEroichawR BFRVidRs b APEe B B ECABAN6iPY 9EReoftware executing in

BEchikbagad LAibAd3A40 D) heiceBIRRRRE AT IS 68MPEsRPonents of the

environment, (100). T @bizjllly, operating system software (not shown)
(orBRIGES S BpY é vironment for other software executing in the
compdiiegterageivioe ntafl BOjeraovhide ordinatesiaviblitiendfitieinclude magnetic

&a@,pgqggéarg% ?/iibé}ﬁof&@}%g]%ﬁ%ﬁﬂf&?@ﬂ%\%?bﬁﬂé}&%ﬁ%%%%}%@um

may e or non-removable, and may include magnetic disks, |
yhidhmrandeaed o teissaframation o MECpRRARCCENTISV BRI Aheseaputing
éﬂﬁﬂiﬁﬁbgﬂdiwpﬁh@ﬁ&wmw%%hmw%ﬁ ﬁ%m (bﬁb
accesged within the ting_environment . The storage

ClorecH e PR ERE TSP IR LOIRAPE L0t PR R SEUAdte oty e
;hm,a?tmchbﬁiplat@éu&depsu dwas,a k@_}h&l@dwmusewdm péaptay onzciotizt,
VORI AR 55,28 SAPDURG, ARYISR REREEK A667! 8, QB fopu:

evice that provi Input to t omputing environnient (100). For audio,
drede(shit] SRV By aBoydaydoaiisrephme enpdhonfsrdpmbrtassepinapdio input
HleviasBatRGE RIEA WL ATIDYV D BRRIOGR HEHGIRL IMb Qi edND
reader that provides audio samples tqQ the co ting envirgn entI(;LOO.
SRR B SEUERREE) (150 NRRy B ARATRG) bl HLP eSS printer
$p Ry DRVDED -weitaio detadal telyptir anctinehateleidedt at: providessoopipgutom
t?rig)rcg3 r%l&%?@m;gﬁ%g&\g{g nent (100). The communication connection(s)

na

7 e communication over a communication medium to another
compUiheFemynivaiior saTmsHRMEb TRbeNaMe COURRBPECHIIHPNEESN such

AarRmRHRN SXRE AR e Ab8IHeIRPSHEOMBIRSTBE sheRGR AN arbaatian,
or other data in a modulated data signalé{% modulated data sigen lis a

QBHES TRETAL BRI A SRR ERAHARIE PR Lo, P ERBITSRY TR%E58h a
tanngions doctinatie: informatiardridhesisigialAByodidytaf datamipie] mncsignal
RSt imitag %%n%?mow@'%%yaoc@epm;%e{%ﬁi'&%ggm QENRERRISS RS
Implemente with an electrical, optical, RF, 1 rqrea, acoustic, or other
indorrontion W iHee isiganli GHY Oy 196 Basplh ead nahbngétion IcopHnERicefion media
HRMRUEIEARRIE-NediRnifatBYisiRed 3hiR Metisnia, Py arabIgfrared,

media that can be accessed within a computing environment. By way of
WOHFISI O QT8 TifKitation, with the computing

The invention can be described in the general context of computer-readable media.
Computer-readable media are any available media that can be accessed within a
computing environment. By way of example, and not limitation, with the computing
environment (100), computer-readable media include memory (120), storage (140),
communication media, and combinations of any of the above.

The invention can be described in the general context of computer-executable
instructions, such as those included in program modules, being executed in a computing
environment on a target real or virtual processor. Generally, program modules include
routines, programs, libraries, objects, classes, components, data structures, etc. that

perform particular tasks or implement particular abstract data types. The functionality of
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environment (100), computer-readable media include memory (120),
storage (140), communication media, and combinations of any of the
WQRW$AL38ZBT he invention can be described in the general con®RXt/#52006/013010

computer-executable instructions, such as those included in program
aoslilen, R RGY EAINR SOTRUHRB, EOVIP AR N ANOR d8flolin
virtuaF processor. Seheralh , progra mogu es inclade routines,
prigpeemboliipsriss, Ghjwutsr-elesstblevrimsHert otrRmeewry rodales aay be
dhatpevanm pastiaurniasksal inpRmdRadiemar, abstract data types.
The functionality of 9 WO 21)1%}6}1530%536 PCTIUS211116/1 ]1%1‘;811'2 the |,
prograiff B FIBSTRE BEEEPBIREEY Q&W&W&%ﬂ%ﬁr&wﬁf ofFffag g
‘Gestat,in“aduin sehfbpslyh entes@iba@upriex epertaivhes imsirematiputsnfor
Aarpamant CHESSAY Qh?@‘?fé%?gb%&‘ﬁ'o d ‘P&%&e&ﬂiﬁﬁé@%&?&;‘ﬁ%‘w&'r‘g

environment. For the sake of presentation, the detailed description uses
cenmisrkandighelia net besopfprdt ytidhraciypgsionmaphibiap Biymas briagribbe actual
RIS CREEH QB8R R RN RGe BMVIEQAR BbeRiagRRaPEeRI®htation.
abstractions for operations performed by 3 compyter, and
Sgpenalized Netwark Rnvironment and Real-time Speech Codee . . |
compifigneeradibhslcdizgapootingrerdhissbntgwng vamyrdepentd2(§ on
implementati : i ' -
B L Rfemonce
AmeiieninSaP) BeraraiescaviocrsndeitidoIsemronensy Fosra viamedgeadsitsids
&jﬁggﬁgﬂg@nts may be implemented. A network (250) separates various
encoder-side components from varigus | eco% r-sige com onents. The
primar RS BFHHETS AL e e AL AR SRS 8 S PRSIS e
skeesheachirncad decaditg) ecpdiniyehe sPedtivehco@m shie,andcopiertsitfer @h0)
input buffer (21 C st [
e e e B oy o
Broche nfuidpeiricdly 2ademsnsesplitter (212) splits the samples of the
speechJaRHt {70 2) fatee ameasein posiimrenentatiTmiigdangsua(2) into
uniformly 20 ms long - 160 san%glles for 2Q eﬁgt :éaHz irllDUt ar;&ézo 1
amsIe e SIRRIERIREL AU THDMEr e, BN te nah s RSy &
el fe idht idpnatio 32 asemyplas foifsireenrkdlreinapipibyotedioptbm adatiplin ghe
{r%%%esq%peedh?#%yén Qtignqlf];?é%him?o% Bovnayy %,OJ%GHEQ dhhibling rate
super-frame/frame, rame/sub-frame, or other configuration for different
of sepciant (RE20 icdidiegnind trcbampsgnay hamerniardifar e ipmedines,

thenlramasAcCerdinerieornBualiNere: aiiferia: st s shiaseapainy idiiecoding.
signal, zero crgssing rate, long-term prediction gain, gain differential, .
and/or bfErecHAsH %Q&f}bc#’ﬁ &8 3%%@%?\8?5%%@. BB e

such as energy of the signal, zero crossing rate, long-term prediction gain, gain

differential, and/or other criteria for sub-frames or the whole frames. Based upon the
criteria, the frame classifier (214) classifies the different frames into classes such as silent,
unvoiced, voiced, and transition (e.g., unvoiced to voiced). Additionally, the frames may
be classified according to the type of redundant coding, if any, that is used for the frame.
The frame class affects the parameters that will be computed to encode the frame. In
addition, the frame class may affect the resolution and loss resiliency with which
parameters are encoded, so as to provide more resolution and loss resiliency to more
important frame classes and parameters. For example, silent frames are typically coded at

very low rate, are very simple to recover by concealment if lost, and may not need
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criteria, the frame classifier (214) classifies the different frames into

classes such as silent, unvoiced, voiced, and transition (e.g., unvoiced to
WQaedyoridditionally, the frames may be classified accordingPoiiie24/16¢13010

of redundant coding, if any, that is used for the frame. 30 The frame class

affects the parameters that will be computed to e q% }%@ frame, In
o O Qe e e AT SRS AR e e
redsishabhavimmistta seapucs v cdoekado s id ptovid armertsigaidicaly arieried

dEHie NG, I BRUE AR PR RS IR IR hBHAMNAIE HoFObiRXaEpBIRing
silent frames, are typically coded at very low ra(g:érare. verg/ simple to

Fo s ARl QS SN EAT SRR e HoRse U I R8BS M D61 P36.236

t&&iﬁ%ﬂaﬁaﬂﬁﬂaﬂ%dﬁﬁ@k pasqteotiexriﬁgﬁimﬁlesardimi s_'@rliﬁteanﬂaﬁ
Iypically are cqded %ﬁéﬁ?&é@iﬁﬁ?h&%gcﬁ%ff&%? afs%ml%. or

recover by concealmen and are not significantly protected against
Jedisiopdibemasldsieinsition frames are usually encoded with more bits,

rensnding.on iamseniedity, af tie frame asianl 3sriRERIRIENDE Hich frame

transitions. Voiced and 5 transition frames are also difficult to_recover if

TBImGds LSRRt EAhRR O B BREL IR SRR AR F ISR ArkhiARtEtine
dhe fkanse:ethssifier {(RH4) usfte athfor anddéo maddititnakingrheata@d6ttirough a

G R e speeh
fasfarappistoTryerdis nrhors itihgPro erenie dhspebreris proviekyas

IINVRESOR QRS QIcBIREE PN IRYR atbAHIk SR B1ag o BoWHHSIRIEE @rotocol,
%3@ (236).. The networking layer(s (240%213&%0(95& e encséjed S zgch

AUX)
FORGRAE FRIRESE R VTP HRIFTBRABTRG 2E0N: For R XAHIORS RRYSISatIISRE PAgigPOls-
Aubvaieclpaakegasl foanddiiohanspde dfspieate iof asmatibingniopackets used.

that fallow the RTB bratocol, . which are re vering Inemetising met
UDP, ,e élﬁ \(/)l?al?i 2@6&?5%@% af)e/%’ S?E%é%t%.%g ,ﬁternatlg;{/}e%y, o'gi%er et

Aherentizelaitbpastaydes2503 itanaral sroaaRiserimy prsokas efrecticed. The

Netwopk,(#RQkid VRS, 358 RRfkeins WitahRe RN SWSREB SIS receives
Internet. Alternatively, the net\é"l’;l?ék (250) is a local areeia?g%tqwrrk or other
8 Behb

WA EOP TSR B BT 88 B0 S B Bl PSS G ORI
dafiersd 260} keeiesidnttivoddss by ¢he) (2603 nttdl) dateesporel ne tisekin the

transport, and higher layer pr %6 ollshand 20 g%tﬂ L] tft]&%.gg%)deq{g' g

- . W
%necfvéi%fll%eg rfg%‘/xéor%éﬁnéggirgsgé% Ij corr%lslgor?(ﬁlo hﬁsg(#: Fhe 1enco%er‘-zg e
sretslo Pty ()ie appechisenssn G R dhrayeh(a Yemulitrtetiss € REBAEK)

géch information to the speech decoder (270) through a demultiplexer
%% MUX") (276). The decoder (270) decodes each frame, as is?%e Ké%%)
i cocOBTHTHUR.E (9950 35 Tibdedt SEREEH ULAGER (DMLY M0
Die: pass@sdl Hpeetiygbunne (290) aneypdsi-fidtpassed through one or more post-filters
(284) to improve the quality of the resulting filtered speech output (294).

One generalized real-time speech frame decoder is described below with reference
to Figure 5, but other speech decoders may instead be used. Additionally, some or all of
the described tools and techniques may be used with other types of audio encoders and
decoders, such as music encoders and decoders, or general-purpose audio encoders and
decoders.

Aside from these primary encoding and decoding functions, the components may
also share information (shown in dashed lines in Figure 2) to control the rate, quality,

and/or loss resiliency of the encoded speech. The rate controller (220) considers a variety
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(284) to improve the quality of the resulting filtered speech output (294).

One generalized real-time speech frame decoder is described below with
WoeEh¥é3¢o Figure 5, but other speech decoders may inste RCBEI§2¢§/013010

Additionally, some or all of the described tools and techniques may be

35D AR YRER ALAD BRCAMEL AP ROACHRUPLRERYEN S A lfrer

encoders and &ecod‘g S, 0 genera]l-purpo e audio ehcoders and

fyness @fsoutmit bufiiors ithdsennodrad XD co dlseyan dissBefy@caisnthahe

GRIGARBNBBANIVALRR, SRANSIDIHRRHBAASRE Wehik IS BRd dNe dadr B4 ate.
2) to contral the rate, (auagtgl, %uii/or loss resiliency of the encode
1i&°¢995)

Wredondan{ 1 Qrbeedsihes Sl oTatiE D e Wécontfoﬂef (220).
i) 1361 HR02I6yRGT (B2 26 M1dickt 81 dstih)atofifidatarsisueboat dineent network
§°mvw&§i%8f Et&sgeg&ﬁmiya%g H?f&% huier (230) e bufier ulinesso).
a{l ufFer er

i
of output In the enco 230) or&gljsewﬁ{ere, desired output rate,
Memativelit hetwsropEPBIdRD) rersdars Sheadiin rliiondfartenss

??d/oﬁﬂ_@%‘é%%Jﬁ%ﬂéﬂ(@zOﬂi'ﬁedﬁqgég)%{%@_rﬁr?h&&éiﬁ(imKodﬂﬁl ag@m@jegd,ate
Informati to the rate controller | . .ne nefwor ayer(s ,

e ST S ST YT o EAERE R IS RARE s
dangestionfrdajseitpbyltijusing kicinizftonfadktofth paatecton trotiemi@ e

Aol oo ) o oty

irec e speech encodeér (230) to

dhaag bospecsiliencybanrdjusing Siclss eebine 9éyedimanhradisge ddnssthe encoder
@R6PARY AN SNSRIV MAY bk ERPRUR AT enaHE LRI YA RIEY

quantization factors for parameters or changing the resolution of entro
SRR S ERE AGPIRE PR EETERES ARSI IR EREDAAP g s comtrolled
ohengethasniesike soyhns adjeistihg cha datemrdtgpataf fisddirdant coding.

Thus, fﬂ?ggu%facd%daeﬂgo@?&% R gﬁgg&%m%fgdn'%%%kpﬁﬁ%@@&cggéwg%g) in

primary &ncoding functio S res y functions depending on

erawesttioacridhtivhish Ane piaerelpf the desssibsd smbefisernts max s Bnpip@ented.
”gilaarfl{a%{_e %H&éhai(wb‘;g%ﬁé}?@r&%&%d ﬁ&r{]a? IS ﬁhﬁléiéﬁéi)g%g cBigpEReR @) in
lock diagram of a generalized speech frame encoder, in ,
BShica bt ARSI BHE S HOTED G & 888%&&%%@
amppesiecdeehcdded frameeoetpooB2{300) generally corresponds to the

ffameﬁ?ceﬁi&%%{w&&%g%@%d%&; mss%nlitl}tﬁnféafa?osesgﬂﬁd{e@ﬁg@sz). In

accepts the frame Input om’'t ame splitter 20 and produces
encciotBenfeataidon ikl 3912y, vsheterrcepfiigisnsdonmigi dhiz 3poy suhipiices
ingacieredistiarisanticienis: (332nd 1 IORRAIVHRISRYBIRHO (B I bR one set

uses ten coefficients for eight kHz input and sixteen coefficients for
o e R SRR OSSP s b KBAOREn 2 FRANTA AR et
@Bineanpiedistioseeosfticitnitpe piaflameAbier fiatbsely pfite d Riadabgsientered

e(l:tocgﬁjeggn%rl%caﬁons, or computes a different number of coefficients per frame.

The LPC processing component (335) receives and processes the linear prediction
coefficients (332). Typically, the LPC processing component (335) converts LPC values
to a different representation for more efficient quantization and encoding. For example,
the LPC processing component (335) converts LPC values to a line spectral pair (LSP)
representation, and the LSP values are quantized (such as by vector quantization) and
encoded. The LSP values may be intra coded or predicted from other LSP values.

Various representations, quantization techniques, and encoding techniques are possible for

LPC values. The LPC values are provided in some form as part of the encoded frame
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25 (330) computes two sets of coefficients per frame, one for each of two

windows centered at different locations, or computes a different number
WQRHeHAéNts per frame. The LPC processing component (33%)I/E82¥e413010
~and processes the linear prediction coefficients (332). Typically, the LPC

ogé?(;u%?&gi 90%%@&9@%%%13 @tfa%@?ﬁ?ﬁ?bﬁ E)a%lYg'Wﬁﬁ‘ aL?r auqmﬁrﬁﬁtn parameters
repre

éntation for more efficient quantization and encoding. For example,
agd atherlirforprsicadsielyE EmprsARTIEDS). B aleearant vsriadhe saqpder
(SOBCHR TR HleSR) i AR SRR I3 53R sharka PN IUES Aia sgH anidZert
(such. as by vector &Lé&r;tization}) and enczq:ed. fT Plvaltéegcmia be
PRGBS HOBFBLi Ry BN BREP IEBPOALIRR 'Variou S representations,
equianidzdsion LSPhrigerestaiod @ncodhagrtpcispitpies pespustide: foansifds

b¥ '%a%fg e hPGyalysr-aie plavided iRs0ms s Rarkatthe.sacrged
rame 6] 2151 61130236 PCTIUS211116/11131111) output (392) for
I

diffRetivdnBaAngtPirar8Aission (along with any quantization parameters
and othRrsipferRatian dredetipr@sansty dtipd4Fialcsehs esponrtiuselinPC

the encoder (300), the LPC processing component (335) re tructs the
Ve (ST RGPS 5 LR BTNt By 23 Be AT ores o
cintierpoiatignfond fGivadses {ppeixiastoeatithalengipihsicpl rdioresgintativrme,
f @ﬂggmg ﬁ%@{%;&@%g@u&% mnagiidhetapsiions dahradiffeisiYor a ten-

LPC coefficients, or between the LPC coefficients used tor

tenfftlienh fioub thepradays fiame b theserhal 85 P1etolpBrt-term prediction”)
ol o ol Jepionod e s A A
1em jnto the filter. nthesis filter receiv xcitation
] SR B R B R A O P S B el e
clirepinsizhths forthesstfiltewr ¢ TG erely signiby ta makn ey ofditayrystaotelss
s%?ﬂllp)ée% S8R JREAIEN I EHRDHIEP WeBRRECHRLSS LRI B KY, 938)3iRfloit

e prediction. The perceptual weighting components (350, 355) ag‘giy
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cexploiierps i 466)stidphibaomdasidofreal meigking. In one
o ) o
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weights base he original LPC values (33 rece_i\(ed from the
camyisisthe differcert betoriite RestRRY e haicd sisirdlsighaaPSo
FREBRANBNS( 304 3nDlepPik eiheicaRdineqddiyesptourighidiffodaswisignal
the perceptual weighting co ents 355), the en oderﬁgia Ot11

S AR e 5 OSSR D 18 3 LT e AT e
mrtngterceptually weighted output of the synthesis filter (340) to produce a
dlﬁereﬂ%e e§|§ﬂﬁlon parameterization component (360) seeks to find the best
combination of adaptive codebook indices, fixed codebook indices and gain codebook
indices in terms of minimizing the difference between the perceptually weighted original
signal and synthesized signal (in terms of weighted mean square error or other criteria).
Many parameters are computed per sub-frame, but more generally the parameters may be
per super-frame, frame, or sub-frame. Table 2 shows the available types of parameters for

different frame classes in one implementation.
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(334). Alternatively, the encoder (300) uses a different technique to
compute the speech 25 parameters. The excitation parameterization

W@ b6 (360) seeks to find the best combination of adap®¢d/US2006/013010

codebook indices, fixed codebook indices and gain codebook indices in
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Figure 4 shows a technique for determining codebook parameters according to one
implementation. The excitation parameterization component (360) performs the
technique, potentially in conjunction with other components such as a rate controller.
Alternatively, another component in an encoder performs the technique.

Referring to Figure 4, for each sub-frame in a voiced or transition frame, the
excitation parameterization component (360) determines (410) whether an adaptive
codebook may be used for the current sub-frame. (For example, the rate control may
dictate that no adaptive codebook is to be used for a particular frame.) If the adaptive

codebook is not to be used, then an adaptive codebook switch will indicate that no

adaptive codebooks are to be used (435). For example, this could be done by setting a
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optimization techniques may be used. 20 Figure 4 shows a technique for
determining codebook parameters according to one implementation. The

W@ iEtiva3arameterization component (360) performs the teRERGRA#06/013010

potentially in conjunction with other components such as a rate controller.

Alternatively, apother compenent in an encoder performs the,techni ,
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to the excitation signal for the current
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SRBRAIBTAB6WVAE i isds¢436) thatthd hidaptivrminatien ¢&30)sitay eclude

&Je%grgriining whether the adaptive codebook contribution for the particular sub-frame is
significant enough to be worth the number of bits required to signal the adaptive codebook
parameters. Alternatively, some other basis may be used for the determination.
Moreover, although Figure 4 shows signaling after the determination, alternatively, signals
are batched until the technique finishes for a frame or super-frame.

The excitation parameterization component (360) also determines (450) whether a
pulse codebook is used. The use or non-use of the pulse codebook is indicated as part of
an overall coding mode for the current frame, or it may be indicated or determined in other

ways. A pulse codebook is a type of fixed codebook that specifies one or more pulses to
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then the adaptive codebook parameters are signaled (440) in the bit
stream. If not, then it is indicated that no adaptive codebook is used for

WO 3R Hme (435), such as by setting a 25 one-bit sub-franRCIEVERMH)13010

as discussed above. This determination (430) may include determining
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fa1es ofdbnindiealedSauneidis470) to minimize the error between the contribution

of the random codebook stage and a target signal. The target signal is the difference
between the weighted original signal and the sum of the contribution to the weighted
synthesized signal of the adaptive codebook (if any), the pulse codebook (if any), and the
previously determined random codebook stages (if any). At some point (not shown), the
random codebook parameters are then signaled in the bit stream.

The component (360) then determines (480) whether any more random codebook
stages are to be used. If so, then the parameters of the next random codebook stage are

optimized (470) and signaled as described above. This continues until all the parameters
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typically fixed and is therefore not typically signaled, but alternatively a
length or extent of the indicated segment is signaled. A gain is multiplied

WoYeal 3Aéfes in the indicated segment to produce the contriBGiiohS3p4p@13010

random codebook to the excitation signal. 25 If at least one random
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ultaneously. Thus, although 10 Figure 4 shows sequential computation
B girrapeneddeDBRYrerapYE efbe AR ARtNAR ol R gmeisTE Tt s itation
gegabook parameters are jointly optimized (e.g., by jointly varying the

parameters and evaluating results according.to some .non-linear .

D e R T T ot . D e el aps spualed or
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adaptive codebook, the pulse codebook, and the random codeboo

S die | DGtaionssvoR comeasm bR st ikg  ecthpistees the putmutdrom the
aastitiona Rarmaai.axsi@éon signal. Referring to Figure 3,

R R EE T T M
EadebeoB), andihd encoder (300) may control bit rate and/or quality by switching
between different sets of codebook indices, using embedded codes, or using other
techniques. Different combinations of the codebook types and stages can yield different
encoding modes for different frames and/or sub-frames. For example, an unvoiced frame
may use only one random codebook stage. An adaptive codebook and a pulse codebook
may be used for a low rate voiced frame. A high rate frame may be encoded using an
adaptive codebook, a pulse codebook, and one or more random codebook stages. The rate
control module can determine or influence the mode for each frame.

Referring still to Figure 3, the output of the excitation parameterization component

(360) is received by codebook reconstruction components (370, 372, 374, 376) and gain
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as to the frame output (392). Thus, the encoded frame output (392)

includes the output from the LPC processing component (335) discussed
WQRWeaL3823vell as the output from the excitation parameteriz&4diMUS2006/013010

component (360). The bit rate of the output (392) depends in part on the
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the synthes;js filter (340), where It is used the_the{ with the "predicted” "
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poatiiensdnl femdusietins prirestiendriZatgopeekeisodnene TonisaEyipion, the MUX
%@%@ﬁgiﬁwﬁﬂgﬂ){a@ﬁé%@%Qﬂ@&d@@&@@@&ﬁfﬁoﬁ%@ﬁoﬂiiﬁh dnsleXme,

and pitch gain values). Referring back to Figure 2, the encoded frame,
HARSUT I SEBtBY IR RAOX T O5RT  SPolog HWith Bt SAFAhBIEFPETIcHS
fithessparameters can include, among other information, frame class
informatio ram the. fr lassifier i

e R e A A A R A8 o

pirresesofifvarecorlly MU g bt enecden (3 isr dinetee frame
emgifﬁ%lqm)%ﬁm&m@mﬁ}%ﬁd&%ﬁﬂﬁ%ﬁm@yt%&é BHAHIRIGIS S such

as to allow selective repetition of the parameters for forward error

toiheene shRAR HEMEAs. In one implementation, the MUX (236) packs
into a Singtst packatiEd/MIKnan eidiged 3peagpisianicodedtspactdriofoemation as

Iﬂ%ﬂr’c‘ Ghd parses it to identify and process parameters. The parameters may include frame

class, some representation of LPC values, and codebook parameters. The frame class may
indicate which other parameters are present for a given frame. More generally, the
DEMUX (276) uses the protocols used by the encoder (230) and extracts the parameters
the encoder (230) packs into packets. For packets received over a dynamic packet-
switched network, the DEMUX (276) includes a jitter buffer to smooth out short term
fluctuations in packet rate over a given period of time. In some cases, the decoder (270)

regulates buffer delay and manages when packets are read out from the buffer so as to
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20 along with forward error correction information for all or part of one or
more previous frames. The MUX (236) provides feedback such as current

W tfer1iaess for rate control purposes. More generally, vari®E/US2006/013010
components of the encoder (230) (including the frame classifier (214) and
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the one shown in Figure 2. The bit stream DEMUX (276) of Figure 2
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dnthackaicateavetimgiveniperbeidkivwe. In some cases, the decoder
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component manages the jitter buffer, and the jitter buffer isfilled at a
Kigrtste rate and depleted by the decoder (270) at a constant or relatively
constarieriten SdtER1E EY) %cteph)eAtasiodaniseh Mbdtplaive(Sim)s.ofnput and
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generalized real-time speech frame decoder (500) 10 in conjunction with
oA cabRE GPRT9te described embodiments may be implemented. The

frame TieCOPEH(DOAsiRgrsemponsds Gonpralbiia theiramed aegeeiaging LPC
component (272) of. Figure 2..The frame d r (5 accepts encoded
SR R e NN R b
502 ierndesbelinfolhatico mederbfsrefastrasisoie Th6 (BOM pepssing
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(500) 1s simpler since it lacks components for perceptual weighting, the
QAR pFBEREH gthHBVéﬁﬁHIYaﬁ%PHBﬁ%ihﬂ%q_ ProdbediRg processing
SIMBABL NS {SPhhTete) REfsmo i oRtepfeSEPERGILEYGin LPC representation or
another representation such as LSP) to smooth the transitions between different sets of
LPC coefficients.

The codebook stages (570, 572, 574, 576) and gain application components (580,
582, 584, 586) decode the parameters of any of the corresponding codebook stages used
for the excitation signal and compute the contribution of each codebook stage that is used.
More generally, the configuration and operations of the codebook stages (570, 572, 574,
576) and gain components (580, 582, 584, 586) correspond to the configuration and
operations of the codebook stages (370, 372, 374, 376) and gain components (380, 382,
384, 386) in the encoder (300). The contributions of the used codebook stages are
summed, and the resulting excitation signal (590) is fed into the synthesis filter (540).
Delayed values of the excitation signal (590) are also used as an excitation history by the
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values in the form provided by the frame encoder (300) (as well as any
quantization 20 parameters and other infommation needed for

WOa86#¢3038¢ion). The LPC processing component (535) reconBffilidi§2Me/013010

LPC values (538) using the inverse of the conversion, quantization,

RAGRUING SIS RIBYIRUR YoARMEE # WS ¥R IR, IH%&%QJH&%%&%@

component (535) may also perform interpolation for LPC values (in LPC
TésraueritaeBiowny obhstrsitAligPed@ithtion such as LSP) to smooth the

transitiesspebvae Alaiffem) aseistofedonsittetc@efCieslins (R ratteeoorates
tages (570,572,574, 576).a in application.components (580, 582,
B e B R P P i s o
wragesngscthefexdhation sitgid (00 nuipzasel dbroysit éhtheywhestilfilttricoosacin

%ggggﬁﬁ&{%g%@&gﬁgﬁigecmﬁag_eneralIy, the configuration and
operations of the codebook stages (570, 572, 574, 30 576) an[%%ain

compdrisritdatingshing sheyaningigyEs desiditattcetreteofiengt Pl amgon; other
1epeaians akthe saslebankisiageso(IRRpIRIR. Ieheddbldndfentation and
e %8%?5‘% %”85,010%8'[%@- 284 a0)n Ihe encode rifﬁ?’o%)i)tte-rhs? fiontibutions,
O?t used C (fe%oo C sltrages are summed, an e resutti g exmtghonp
sigwah¢BBOyImtanethrotthellsy e dilte (@i rephsed sl likeewiptimgnts. For

D R LRy e e

MG serembLRSAdSE (R0adBpvta nehibhmcdised
ROKiNBSiDELbeImC( bRt bigkpdppasynthasimiidies thd hrcEptdder (or
econstructed LPC values.(53 nd incqQrparates them into the filter. The
e e e Ao R B R et geSler
cg_;mﬂie'gs mn@ofﬁh@memdﬁbﬂ Wpﬁﬁpa&e@tﬁ@@ﬂh@@ym Hasis
iHer I0JoLmRR: ARRECHRAIAR AAERR QSRR & a%fgﬁkat!)f-g&ﬁponents

relationships shown in Figures 2-5 indicate general flows of information;
Reress reRsGb iafoaatpe Hpg s ierhaidres deseataddipitity. Depending on
1mplerrebiai P &yiin sEetyRaéLonarression desired, components can be
adde itted, splif into multiple 10 components, combined with other .
Compo R e R e SIS v
fowmi rorpershtc(260) sublowars ireatiioaes peattecralies.de immptiee 2 20ervaydys robust
ELRRIRAL MG SR RN PR Raleatial ddashagmponents

include a_multimedia encoding (or playback) application that manages the
speech Bileparicrlr eRIRBHEN SR RIMESdRareTREtRIR S dRsiFARYSS &F5d
Gale6t aBdwg nandheeasendb o aaitiochiiipenatiobe areithahpatroims

(?gfapti error correcpon functions. In %}ternative g:}}bod{' ents, diff rentF
111C Blfl %PCS OfCOCIil]gu lFé environmems and/or van?us 1ITSTCI rg’SeS OF]CO €CS. or
combinattons ana configurations of cOMpoONents process speec

¢nforphation orsimgydivé teciohinti decdésdriedghes eiay be used with codecs that do
not use the CELP coding model, such as adaptive differential pulse code modulation
codecs, transform codecs and/or other types of codecs. As another example, one or more
of the robust decoder techniques may be used with single band codecs or sub-band codecs.
As another example, one or more of the robust decoder techniques may be applied to a
single band of a multi-band codec and/or to a synthesized or unencoded signal including
contributions of multiple bands of a multi-band codec.

A. Decoder-side VoIP

Voice over Internet protocol (“VoIP”) applications are one of the possible uses for

the described codec. VoIP applications typically operate in either so-called “push mode,”
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Ill. Robust Decoding Techniques and Tools With various robust decoding
techniques and tools, the quality of speech derived 20 from a speech

WQaMe(1382¥h as a real-time speech codec, is improved. The VBGGIE 2804613010

decoding techniques and tools may be used separately or in combination.
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atures are described above, one or more of e tools and techniques
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PCTIUS211116/11131111) or so-called "pull mode.” The described
ARt i Bis YRedES @}ﬁféﬁ%ﬁ@n&rvmla?%ﬁﬁr@m@rww source (600)
(Ink&\ﬁ\tewsr m@faqwstbe;qubam peiGippRlipadies wsyﬂw infegatidecodiag.

S&)ﬁ{ggéﬁ Eg% e6d|IIu§# sm eneral formno ssible 51r1§n errslaeﬁtles
Br-gi ef) opsesr%qloﬁsrqﬂ goene?é I heR/S P
fapplcatioss( Gl Paskasaids q@d@k@t&mé@@ﬂ@w ferndadiefameitisogacbe VoIP

A6ADLIOMBSIRISINLR 16 Aeceany G Rrahichwillkiesiin e sipgired

bufferlng delay. In Figure 6, the ecoder (620) & erforms the concealment
techniis SRERHh AR 8V isktes: ﬂhaﬁe&eﬂé@ b PREFQEEK Qgfe or more

&9@6&@1@%@%%1@@%%@@% ﬂfdf@ﬁtﬁ[%&id@céﬁﬁrf@@ﬁﬂf%@@ﬁs audio
610 Y the appli 10) or. some other nent
5(6 ﬂglgigS at{%’% @? éF e¥cr ampf?f?r]l puil THode;
freme{shh Breaderte @Gﬁoareatﬁé&)incﬂpmssmmpbe mpbn@ds thewel ﬁlemmmg melies
&ﬁg%ﬁ%ﬁe%@ahocig&rﬁ@éﬁ' 8pde Rl RAUS S1HAE s eI U il Ry

P application (610) retrieves (655) the information available from the
%WM&%R@@%@@OMWTJQ%W%%C%&M@H HsigacR PRI mpde
Dsshes ﬁ%%@ﬁﬂpﬁﬁ{m@ttgmtadb@ Weroreitipaethecberases. (620)
roquedied BUACK DGt ARt AR (ooay e Bod oM e HErA B
1hisvhi® Houap O pTliél)tm qalmxewmhepmvm a8 BROJetrndénfoinedtidaces than
gg&g‘{i&@ft@%@& sequential order (in the audio signal) in a jitter buffer (720). As
illustrated in Figure 7, a “1” in the jitter buffer (720) indicates that a corresponding packet
is present, and a “0” indicates that the corresponding packet is absent.

In addition, there is a sample buffer (730), which holds decoded output samples
(740) available for playback. Whenever the renderer (760) wants to play some audio, it
pulls from the decoder sample buffer (730) the desired samples (750). If the sample buffer
(730) does not have enough samples to satisfy the request, the decoder looks to the jitter

buffer (720) to see if the next packet is available.
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If one or more frames are missing, the decoder (620) performs one or
more concealment techniques and returns the resulting concealment

WOodeeniaidie (e.g., as audio samples) to the VolP application @10PR9EEE010

of the actual samples for the missing 20 frame(s). Because the renderer
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request is satisfied. In either case, the jitter buffer can be shifted, and the
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820). If the desired delay (820) changes or if the packet delay dlstrlbutlon
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it (oA
causing the system to adapt to unrepresentatlve packet delay values. In addition, it is

sometimes better to let a few packets arrive too late to be played back than to impose a
delay long enough to receive and use the outlier, late packets. Some codecs calculate
desired delay based on formulas such as running averages and running variance
calculations. One example is described in R. Ramjee, J. Kurose, D. Towsley, and H.
Schulzrinne, “Adaptive Playout Mechanisms for Packetized Audio Applications in Wide-
area Networks,” Proceedings of IEEE INFOCOM ’94, pp. 680-688, April 1994,

However, many parameters need to be optimized in such calculations, and it is difficult to
find the right tradeoff between response speed on the one hand, and basing the calculations

on a representative population of history values on the other hand.
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techniques, when it is observed that the packet delay is increasing, the
samples in the sample buffer can be time-extended so that the late

W aKetd023n be accommodated up to a certain point acceptaffd fB$2006/013010

playback delay, interactivity, etc. For voiced frames, this can 20 be done
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tuned, such as bin width and ag mg factors. In
distribution histogram (810) is generated according to a desired bin width based on the

history of all packet delays on record. The optimal desired delay (820) is determined to be
the bin delay value corresponding to the desired loss (830). This technique does not rely
on aging methods. Accordingly, problems resulting from clock-drift situations are
decreased. However, the computational requirements to regenerate a new histogram with
each new packet are typically high. For example, in one implementation, the histogram
computation consumed about 10% of the overall decoder complexity. It may be possible

to decrease this complexity by reusing a previous histogram, rather than rebuilding it from
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addition, all old packets are treated similarly, and the aging approach

plays an overly significant role in the overall performance. In addition,
WOHEH B@Adck-drift situation occurs, the overall delay has eithBEH pHoxigi/e13010

or a negative trend, which can further complicate the algorithm, especially
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data structuré is used to determine the optimal buffering delay that is
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doubly- Ilnked |IS type of data structure n example of such a data

thegterh af {1yt fraur nodes (920, 922, 924, 926) in an array is
Illustrasbmél%Edﬁ HEY PabRbERUESEIVHER tﬁ&}:&cﬂ&ﬂﬁtuﬂﬂddaﬁ helsaetmay10) up to

h 0,100 od h
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&a%ﬁlé?h;rﬁ%l%’éﬁe\%ﬁﬁ?ck%??@ Patu t%%@m)éegﬁet is now packet 2, then packet 2

is replaced with packet 502 and the oldest packet is now packet 3). When the old node
information is replaced, the previous and next pointers are updated. For the new delay
value, the right place in the ordered list of delay values is found by looping over the next
pointers and then the delay value is “inserted” in the ordering of delay values by updating
the next and previous pointers.

The linked list also maintains a reference to the highest delay in the list. When it is
desired to find the optimal desired delay for a corresponding desired loss rate, a decoder

starts at the highest delay and follows the previous pointers towards lower delays until a
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15 placed linearly in memory, and an index P (930) can be cycled over all
the nodes. Thus, the index P (1030) tracks the packet that is currently the

WQRIEet92Fe array. Each node (920, 922, 924, 926) has a neREBAIR28Y6/013010
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mmﬁmmacﬁhm@tﬂwwlimnmsdd\mm@ys theusaftidatherssleetion. A

Qndnshandigneie I%HHE@&G(% M%'%E&@Q@%&@C@%Wﬁ%xample

Alternatively, instead of being implemented as an array in linear memory,
tiemeldrpRdSR) fRmesARaiS'S reméﬁ?ga%s%%fm@a&fea%% oPaphaiste

APk &hy 6 bukR akmedl mhdﬁpanﬂam&i@meaﬁmmhwmﬂwmeme&enas used
‘eﬁtckets ar mlssm onek(ﬂ)1 %veral different a %roacheisr can be

pro (a:set g&gﬁ% ét%%aﬁcea e (l)SSSén Vr?la:ﬁproaf)?% e c%rrr%gseg mentlgrecedmg
teolablgfeucaris classified as a voiced frame. Unidirectional concealment may also be
used, when future information is available, if the gap between available audio information
is too long to practically use bi-directional concealment or to maintain low complexity, or
for other reasons.

The waveform similarity overlap-add concealment technique (“WSOLA”) can be
used for unidirectional concealment. WSOLA is described in Y. J. Liang, N. Férber, and
B. Girod, "Adaptive Playout Scheduling and Loss Concealment for Voice Communication
over IP Networks," IEEE Transactions on Multimedia, vol. 5, no. 4, pp. 532 - 543, Dec.
2003. The WSOLA technique extends a previous signal by generating new pitch cycles

through weighted averages of existing pitch cycles. Any desired length can be generated
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be chosen depending on the nature of the signal and the number of

missing packets or 15 frames. One example of a signal technique
WQ2e8ehif23¢on is illustrated in Figure 10. Alternatively other dBfekfHifiza¢gtis010

are used. Referring to Figure 10, one or more missing frames is

ﬁ&%ﬂﬁ@f&ﬂo@&ﬁﬁkﬁ&%ﬁ&é&?%&%ﬁﬂﬂ'qHG\;!éx%‘?"?ﬂﬁé%%?té}ﬁﬁﬁd

on one or more factors such as the nature of one or more adjacent

beepmsElPa fucaisl ru fIsR AD TR SriTeEM BRfkeage IbihatVeL-otmsthad st
@Qﬂgﬂ@g@,ﬁé@ﬁm@w@h@ed for the selection. A concealment signal is
produged (1030) usin se ect dt e. Several

signal%tgeﬁeng] e) rg?)?'lcea HrGAE clﬁﬁlc?f?éns}% frow. ALE6r %még ggal ltdé
eatmgnmbedememd@rﬁxcmlﬁimwmehmduﬁeg@nrdteécfmmhmeaimndom

WO pReEFMIBsaMRER-RASIIRITRION Gidyelialie deta missieg

voiced frame or frames and the [I)lrecedlng 25 available frame is classified

rgeelyrbivdip rignnd. Dhnghe@nidhe srtse s dirrsrespaibe BEcRraynfsaies: As

didbukectnbRIGW B d&@wm@itcm&wﬁmwamamml@mdtease until all
Lnformanon too Io &%api{actlc X use bi-directional concealment or to
that re y O(I;

aln (011}
maintain ow co er reasons The waveform similarity

overla’ﬂladdt@tﬂwdeﬁmémmgwﬁquél ¢ WeGighd) padived 30mseldttareceived
ﬂé@i@’tre‘f’ﬂﬁr&%hq{?&ﬁﬁ@g@%&l YRk [5iHSRGHRGEk iiYe thetdR8nhbM0REN

and B. Girod, "Adaptive ¥p1UtS eduling and Loss Concealment for
theoftie BEAthUREAHSR DRI MBS RSRBRGEN he e Brrplonslafiangiqutine, such as

o160 Prodtin SthaOm A1 pHcSSdre GAd diag Sandfld dmplie d86F6itRe overlapping
techni extends a previous signal by.generating new pitch
S B e R e re SRR AR I3 g e tter
sgnbeybnedatscd RENVOMRB0BAL 802d6HOTCTIUS ZAMQ_IIGIMM mﬂm)ngmﬂng

AR R MG RS, p?ﬁé@?@éaf?&ﬁi‘é%%éi‘&é’&%‘éﬁ{g  Lagnil vadows, such

extension becomes too excessive, such as where many packets are lost,
A YRDE AV aNS desisnerde IfTR Aconsimsfiat souhe Srzﬂﬂserm&ﬁ geross the
RéasAMrspbust decoding technique, noise may be added if the pitch 5

extensjon becomes too essP/ 51% n0| an be gener %d for
Arccor me to a secon signa etllgl con a ent e if the
example; using random ite NOI epa roug Rear pre Hetion

sigreffioibp efittadepiimivot édithetateGte. reoenlwedmm sigritsh fiermatiogyran
1Y B NAIRCALICIRESE QRS EAR RN INERARE AT HSGHHCYn such

below, the ene?ﬂﬁof the pitch extensions can also gradually decrease

Gt Al Binakd ﬁét‘i-‘él‘iﬁ%lgé??éYé?écf%é]&ﬁ?Eﬁ?RP%}é’ehIﬁWéd&t%ded

SIEHfiR! dtsNSIG chaiEh @i@i&ﬁﬁ@i@&kﬂ&@ﬂ%ﬁhﬁ&@r&i&&h ReEM@sht filter using
acket. This (%a{g)lnclud ggtrﬂ match|n I’OU'[I? 0 maxi 'Zetfat‘ﬁe

eI B éeneﬁ% §|‘§n‘ﬁ"h at ssilgrl'n1 atching fotitme carlgBal o
= sktwpl@d:oﬁ?@aﬂmrgymiﬁ}msmﬂ@slagd signal is derived from the signal used for the
extension. In general, this derivation can include breaking a frame of unvoiced speech in
half, and extending and merging each half. An example of such a derivation is illustrated
in Figure 11 . In the example shown, an unvoiced speech signal (1110) is available for
one frame, and a signal (1120) is missing for a subsequent frame. The unvoiced speech
signal is broken into two overlapping available sample signals or segments (1130, 1140).
The available samples (1130) on the left includes the left half of the available signal
(1110) plus a few subsequent samples from the right half for smoothing. For example,

forty or eighty subsequent samples can be used. Likewise, the available samples on the
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a correlation routine that multiplies corresponding sample amplitudes for

the overlapping signals and sums the resulting products to produce a
WQ@aoneladiBaovalue. The lag of the later 15 signal can be adjust®§TeUS2006/013010

maximize that correlation value. Alternatively, other signal matching

JAHIRGS £AMBS MRS TS Al RAN RGNS ﬁ@fgluém‘ws}mﬂgsamfples for

windows, such as weighting windows designed to have a constant effect
sBIPeHENgignal energy across the merged area. According to a second type
of signahdrpesdentsiencaament deatdiguedibi e signat theheft available
extended js.unyvoiced jn nature. (i.e., no clear.voicing.or pitch infarmatio
SRS ey s T R R R
ciiveespgnding histreipresticesn chefErems tRbrdexanitedsigeasralydaddopssrd

RSP RGING LARBOR R EIGHRR: AREINCIRR R oA CLIRBAIMENDIRR fERARS Cine

through a linear prediction coefficient filter using those coefficients to

TR flenaljniqead ihaldebes i pgnth BerRIS g Witk fenalghete S5hse
H¥RBEadmbe anenyithe stvihdaszesyaiow isadtesdralokiefsighiatd
use&i fzi {Ig extension. In general, this derivation can include breaking a
rake of uhvoiced speech in half, and extending and merging each half.

An exbikpiasof uglhlerivedisemiples €160 pacaredred hgsed amthq gnpwgy of the right
SXBIBR SRR mwgés&féag@ ' %hﬁ%l%%fﬁ;@é@ém@rﬁﬁé B9 zed to
e

frame, and a signal (1120) is mjissing for a subsequent frame.

npdisie sorsseRdingdesgharsdigionereifiderto Boaripmrisedsafapied and

passaplersignalSinsspaimients cbéBicnl 40k U avaitaddesponaias (ddE0jents.
n the Jeft includes th ft half .of the available signal ,(1110).plus a few

el e B s SRR B BT e g oe

ayrigiflstyasubeeddét) Samblegoantbg asputhtikewissceh signalilabtight derived

f@the 26 WO 2006/130236 PCT/US2006/013010 right includes

the right hal ‘of the available signal (1110) plus a few previous samples for
smoothrig Ilustiediefeamblebs fasor e cpmpies e SElr s fr%ne%@rwght

Rfrtedelt rvailalilessamipies (11530)lcGredifichibmpns (eftsayaiightderived
sample 30) are,anal to prod carresponding linear
S Rl SR DA SRR BER e g, 4140
lisdal fieictionrged Hitigntdisbtingsiigdpus €l ddids povdiiegjacsettivigryignal

d ey resting.gigna! ifescalrths % that i 1@s R sienalensav&aHabigyBe of

signal energy of the available samples (1130), thereby generating a

By atrdnblemearebl 4 an te wistiagisisnadiniesThersaylting pigaal (dd 80) may
dightciepyaedsempine ckida)irs sigrepiraibageshofihesanesty afitbiagighis
PRSI SRl R e
dRegglovitnoibe iyaglehleratedicaddame goes significantly up or down within the
frame.

Alternatively, the decoder splits the available information into more segments for
derivation, merging, etc.

According to a third type of signal-dependent concealment technique, if both past
and future voiced audio information is available, then bi-directional concealment is used.
Specifically, if the gap between available audio information is not too long (for example,
three missing frames or less), then information from both sides can be used to fill the gap.
The past information is extended a bit past the midpoint between past and future available

frames, and the future information is extended back a bit past the midpoint. For example,
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passed through a linear prediction coefficient filter using those

corresponding coefficients. The resulting signal is scaled so that it has a
Waeal1éi8fgy equal to the signal energy of the 15 available sB&#sIE®006/013010

(1140), thereby generating a synthetic unvoiced signal, or right derived

tha phstaad s infermation matebripx terdedaprrosaisly seerieiangicragtthe
rgf@i_%iﬁ@lf&wni%@& atgcf'ggof& @%ﬁqggy\& é@fémilb@hle p@ml : aﬁéﬁk_aﬁﬁ)sd @f‘hoglnt,
eriveq sample right rnveq Samples ) [l avallable
R AR DO ABTA I ThoRIeL IO SRS 1B P P
exiengediussin ghe NGRINY metidonwbe 11 76) ¢d qdalvecat tesuliipg digoabed

AN d e SHP0aReh B s lAGSIa0ak thd O IR SUIIAIBRLIQ APl the
g)lay time of the available signal (1110) and the missing signal (1120).

Reeradormat i dhunyired) theayhefust frehmiges ey Aharestakg teed to
SignakifesbspasantamasIa ec0td MiBsIHE: thitbdaliavat tRaldthis future

technique is able.to perform well even in.many. situations ywhere the
T O o LB UBTEL A GO S RES o o s

s sign y up or down
abithércahde fuseido Altkersatb it thesigeds der mpligedhttiz/bélstbeatdorehitqrast

%gaofmﬂé%a?@sgmmé SR80SV AR P RIS R ARSI BEAA RN R ke

ot signal-dependent coricealment technique, if both past 30 and future
venelabRMPRORTTESD HSiBBYSiRbie THBfoBisaedtRsrigbiBe HdaSs
Usthe 3P REHCALYSI St AR hpPrRanadikahie. aLidihiienpaiasals Neike is
toqQ long (for example, three missing frames .or less), then informagion
B SO R L R B AR e FHGTHRBIOI
extendetha fistpasttoadpidpaimgippeetsignabteprdenticoraealitadittechniques,

; _ . "y .
&r{ﬁ p%O?%r'[s %%@%&é@@%%@%%og&%oz GQF%%{%@S%%O O etonded

prisederdrnyRied sisp stRsie B oo Hisdachpiorssifisatalpd AkoBRéhgradually
RN Ren PR ESIMRICRH B iR R BRAGI FERK DEn BB EREI SRMEmal

predetermined fixed amount, such as fo r eighty samples past the

FRBIn e O EHTBITF SO RIS GAR A BT TBind e R fduce
mmiahmmam%m@@mmmmm@mtmm mlsu_iiré;oansigmals
omeaisLenon ialaxamale. irihepastiloimagninyiscd.and e

ture information is unvoiced, then the first technique described above
migpsionsebiaiorse veiprtanity in detprtpmu b AvA AR R YREIIStetaRrTa iR c AR
Qf%ﬁ‘z?f&ié@tr%ﬁ&? pedhe Jutseridoamatien: Fansicesksinalersignakhile the
In

matching routine such as the one described above can be used tofm%ke
Qe TS SRIBIHER) 478 TR TR hESOCABH SR BASeID Bt
fUltmee pyrttsl.andstieh miageoiith Mvitetitedeivesigngl sremmnmoroessing foices for
Qicbaoe 1 R190ala 60 I0EIPR BRIGFLHE R SIBUING HINERN: RfBhse
as weighting windows
during silence periods. In one implementation, noise begins to be gradually introduced
after the signal has been extended for about two frames and the noise typically becomes
perceptible to a listener after about four frames. By the time the signal has been extended
for about six or seven frames, only background noise remains. These times can be
adjusted based on the perceived audio quality to listeners in different circumstances.

D. Pitch Jittering

Using the WSOLA technique or other voiced speech extension techniques, a signal

can be produced using the pitch characteristics of a previous signal segment, such as a

previous frame or frames. The resulting signal segment is often reused to extend the
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designed to keep the signal energy approximately constant in the merged
area. Noise is typically not added to the signal when such bi-directional
WQaNeEWRENL is used. In the first or second preceding type of PCT/US2006/013010

signal-dependent concealment techniques, 15 when there is an extended
sighaljQdrwitiheotsecabatithatiets ihaepeligysolivh ertendbektomitachda

. unyoiced.signal created ysi ne. of th iq I e s .
s S R B g
orimecbanicel aenitdhe Tesswitisbtisig nedd iadkh B85 betrdmfpridtelsandilp to
reGNRIAXIRNE A hacke RN R RISk {d¥s J18HPS taoRAsErbBE AdNiCtah further

sounds_such as ringing and mechanical sounds that can result from
redioR SYSEHERg extended for long periods of time. This technique can be

partiRitgihs vsefetbanapilicakisnsnthiab beecdoicd-B tdiyngle teotiom without
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cyellRNE 2aPRKAch 8 46 ha SRy RPE b BiSRE R6lRE G188 BNEQUIBRSs natural

missing frames for 25 such periods, the decoder can revert to background
SPREARe ™ WRRCAT Xﬁ@%&?ﬁ@&%@fﬁ% g’édl:l’i?%g%ilt&ﬁ%@ggrfg& ° fsREen
intieptesaiptaion moide hegnsddbagrdohdally introduced after the signal

has heen extended for abo f ' '
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seheensexidantens. Yothdbe tansix drtbefstoiramidsalbniyarisiag supdgpiede. Asan
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quality to listeners in different circumstgnces. D. Pitch Jittering Using t
n%é&%%é@hﬁﬁﬁ?&%‘ﬂ&#?é?’@8&58&5%2%5&%%%’ B B%étl%?é%%’gif

thedsubl pyadueedtiisiogetlie fitchfthardcterstits tkadrstiens Bigmahay be
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to @ﬁf\@ t@%ﬂ%@%ﬁg‘gﬁéﬁ%@f%ﬁ?ﬁ%tﬁé{f&ﬁ%@ REGHE @Bﬁfétg?.]%ased Ion
“(such as using the ) echnigue) can result in ringing or mechanica
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besfigpa torRIRg e S RS AN R PRPT BOUSE JER SRR ly has an
exactly fixethgitchr atenhsvietength of the extension

Decoders with limited internal memory or no internal memory are reasonably

simple to use in VoIP applications. In such cases, packet losses do not render the encoder
and decoder out-of-sync because there is no significant memory (past history) dependence
on previous information when decoding current information. However, such voice codecs
are usually not very efficient with respect to bit rate. In codecs where the bit rate is lower,
there is typically strong memory dependence introduced in order to improve quality at
those lower bit rates. This may not be a problem in some applications, such as

compressing for archival purposes. However, when such codecs are used in other
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increases, the factor maybe increased in magnitude. This technique can
be implemented by using a factor table or list that includes a sequence of
WO0/830%#h the range of the factors gradually increasing in rR&JiHiBRAES/AL3010
an example, the offset adjustment factor may be zero samples for the first
applichioyelachavomtive hatidas, thelsrcard tyalspddéiverg dedardied indh
RSB AR R 1 oHe DML EY R ERRINE R USRS St can
cycle, etc."Or, the adjustment factor may be “select
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[
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bly . simpl n. Volt [cati
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eco t-of-sync because there
thisaencspimisisasigntle Horyxgrarie hikesleprduantss ke concepiprat peral produced
by YR AtioR WhRE.Ha6RANREHEHNES B M RUGNHdO WRYBhcHENRIBR in the

codecs are usuallénot very efficient with respect t? bit rate. In codecs
defprlsd ihEegspeiale FqSRRAdeTRIFENA BifcalfySYBING M aRtETS HefseRtE dem
misétogtasd (k) Hredristguenpdevediiglity at those lower bit rates. This may

not a problem in,som lications, su mpressin tfo rchival
T T L e
caeprdne36sHaH Hies20ba) 0asbe o bapifiedfruriBesuising oxeition signal

hiSBRNCAHANSHRRAKSIS B §LERP dRst oMM ARRENHSNLS BEGhvESe of a

_.memory dependence of the adaptive co%ebqok for producing an excit ti?n
linggm e e SR ER e A i B RO W ﬁ%&&%gé%%% e 'gEp- o
thpagkelesisil e ltestiriguieoiopsd:t st @anpbeensEd @p desodbied dolosithidilter

information for,us as.a histarical.signal b ent § S | .
P A By L e L kA S Bhet AL R
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ARGk 008 QLMREERIRS MY RIS RIS MaYHDE MRS SR (Snal)

are concealed up to the part of the signal available from the next received

ugiagkeewpHin e avedisham poREfeisats i? RERAvRG Acu skt fsgrosidual signal.

The linear prediction coefficients of the previous frame can be used in the linear
prediction analysis filter. Alternatively, new linear prediction coefficients can be
calculated by analyzing the concealment signal. This can be done using the techniques
described above with reference to the linear prediction analysis component (330). Itis
believed that better results are achieved by calculating new linear prediction coefficients
for the concealment signal. However, it is simpler to use the linear prediction coefficients
from the previous frame. Alternatively, the decoder uses some combination of such linear

prediction coefficients, or some other method such as bandwidth expansion.
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10 used for such concealment, for example. Alternatively, other

concealment techniques can be used for concealment. The decoder then
W26 HBe23 least partial encoding (and reconstruction) (1220P6il/{R2006/013010

concealment signal. For example, the decoder passes the concealment
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case ygllge %Onaﬁ?ernzltm E(,: ne%% %e%\fepr%sﬁ%vhscoeﬁp sngél T lrecuonal
coeaﬁamwlmmtyanﬁgﬁmeé@nmnﬂsmﬁgnammmhtbeeamsacsmg
ar;h%;tﬁﬁtte iguERrIRsGHD AR BavR Withr lemR R R IRR A HEgiction

anal yS|s component (3 Tﬁ?é It is 30 believed that better results are
regenrERtsRc ARt %@ werFrey Rirdieretioprboufiakinest alihpgrissing
fra0eEpakng mme@xaﬁdrtmma&ﬁte m‘mmﬂmlpfetedesettéﬂeds@mgrﬂ%ﬁd@gthms

oefficients from the ious fr me, Alt atlv decoder.uses
be‘flevecli Ih i-dire tli)o oncealment 1?{&1 5 be& er Tesulis than erely
SOMS Combmation of sueh Ihest predwétlon coe iGignts, or some ot

usinetimdirsgtinnal doanehlivilt endpadisicio@d oprcedndnbwitB @23 mory for the
nenGHddS211116/11131111) The signal resulting from this technique can

be used by the decoder as the memory for subsequent adaptive codebook

comptrEngeshed 2ot dlsitrd thx ernaiieh b SRy B apiemysdfgference to
ddsaiped DmBauRdae the;vﬂoneeattsgeﬂee igiaedhy SdadiybisdraiRifesitsban be

titute reS|duaI raguc the code still on

R PR SR, OV (0 S Rt o be
uiclested fed tvepmigsing frams(s) bemnthteboimmlﬁdémsm elrreweivetatmbor
SIREPH S ARIEL0: 9PV SFIE-RARK IR INR SALRELAIRLS MMERJRSIREWNRE. in

circumstances wheré the excitation hIStOI’y for missing frames is
Varpnetiaes of erRerel YD BRI ARG HREE ROTERMING 6B IR R fRankg used

witffRiQéereaipeptitis trcedaesignahialiovingdsstpaekeSherein. Elements

of the described embodiments shown in software may be implemented in hardware and

vice versa.
In view of the many possible embodiments to which the principles of our invention
may be applied, we claim as our invention all such embodiments as may come within the

scope and spirit of the following claims and equivalents thereto.
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10 This technique can also be used for the purpose of bi-directional
concealment if the next frame following the missing frame(s) has
significant memory dependence. In that case, bi-directional concealment
can be achieved as follows: first, perform unidirectional concealment for
the missing frame(s); second, use that concealment to regenerate an
approximate memory for the next frame| thiihglecode the next frame
using the 15 regenerated memory; and fourth, perform bi-directional
conceMmtaiibr the missing frame(s) using the next frame and the frame

that precedeg, fagmpugsingfiameiel MdthRebgYRadhaE: such bi-directional
concealment would produce better results than merely using

unidirectiondY eERSEEIMBHSHIEAIiE ANGHIR SIEehIABIEINE WBemaRs sy more
for thyags frames RemvNgragsariResrandlipirated sheamsinciples of

our invention with reference to described embodiments, it will be,
recognized that thedawestaideaskinBatiftteie BaMBE fRfdeificglprting a

arrangepefhRAEEGIRIGNEtTBH SABAKINAITEI RHARME SRS RHld

be understood that the programs, processes, or methods described

hereifQAREHBIERILACAN SISRVEETEY A PRSREITIAN B/ ASCIBISCIPIBAG
envirQRERtaHBIESFARdicaIad LR RIMS TR MREP B R S ik #PAR & dio signal

purpose or specialized computing environments may be used with or _
perfofidbterafiens Mmos oY rIuGcEames ane ecclastitpaitesefipe avasiile. following

Elempatie fafieadaeibel FIAOSIAG Yo RN IeONGI BN PRing frames,

implemented Iin hardware and vice ve In view of the many possib

embdatlitheheseid Wigichaspidi gaitasipibtho Rurildblecpriioniranaiagnscofp et af
we clgj j ' . I cgme within the
e e A L L
CLAIMS We claimparfetaung phaselenisie cancaaimaetirahmiong asihg:

processing %&E&ﬁﬁgwr&hﬂn audio signal, including, when one or more
5 missing frames Is €ncountéered while processing the bit stream, based at

least ! part bheanetdod adaiattofs|theleastingy isingbaeieEiming wbbitiejuibe

from E‘f&%ﬁ%&‘ﬁ%ﬁi%ﬁe"ﬁ\i@i’%@|§i8H8‘1l'ﬂ%H1%’]9%Fcé’lcfiBFﬁﬁ\'}8| Ebtmfﬁ e

whereinthe one or more rs'comprise a classitication of an availa
prior frame fibtieaxaesiflztipoint thetagadiatle sigmdldroetisavoinedotiemthe selected

o R a0 e e
and vehaceatntieetcligssifieation of the available prior frame is one of a set of
if the classification of the available prior frame is unvoiced, then the
selected concealment technique comprises generating the concealment signal
based at least in part on energy of the available prior frame.
3. The method of claim 1, wherein the one or more factors further comprises
a count of the one or more missing frames, the count indicating how many
consecutive frames are missing.
4. The method of claim 3, further comprising determining whether the
classification of the available prior frame is voiced or unvoiced and determining

whether the classification of the available following frame is voiced or unvoiced

30 wherein:

if the classification of the available prior frame and the classification of

the available following frame are both voiced, and the count of the one or more

32



5

10

15

20

25

30

possible classifications comprising voiced and unvoiced; and performing
the selected concealment technique; and 15 outputting a result. 2. The
method of claim 1 further comprising determining whether the
classification of the available prior frame is voiced or unvoiced, wherein: if
the classification of the available prior frame is voiced, then the selected

CoNCeRiKEIRGfiaRtEdIUBSARARIiSEPdREIE FaRIEChHRNIgRSIORRBNIYALR Pent
generate a 20 concealment signal; and if the classification of the available

prior FESAAGHE RATBREESES e rardiosalcaree il af?ent technique

comprises gRAREARGIHRAGHN AR RIBRAYriBASRFRLRATE RAY 81 count of
energy of the available prior frame. 3. The method of claim 1, wherein the

one dFfrfie REIBFE RASHES Ecmpsiscmons tiauieshipld YAl theawe selected
missipgnEaTRSRRIRAHOE SHERIRS NawimahaFepses i rames are

missing. 4. The method of claim 3, further comprising determining whether

the chassifichioMeihabodwiatanib Brisratame easdidedion ahtincvailae prior
deterfppags \’)fhEé'a?éﬁﬁ?r@'%é[%i&‘éatm%aﬁh%ﬁt‘ﬁ%ﬂﬁ!?i&uf@ﬂemts‘r%éﬁada&iﬂ@ noise

voiced or unvoiced 30 wherein: if the classification of the available prior
framdGhganreEinesiRianahibiheconsealaem siaralisdoneensharearbepshold
voiceg, and,the count of the one or more 32 missing frames is less than a

threshold value, then the selected concealment technique comprises _
bi-dir6etional B® B ehEclaie I weeesis Hicdatsilicatins aldnepwitatde prior

frame s yojeery BRAdNS AqHELAb ARG Qo Mﬁéﬁiﬁ’ﬁﬁt‘@ U&mﬁﬁsé%:more

than a thres_hold _va_lue, the_n the selected 5 conc_ealmen_ tech
comprises ulsiehtifying aubplesgansntsDi theayrithlolg prierdiiame; wherein

e cassifcaly o ARG Ao ORISR PR MR IECH e

concealment technique c oise toa concealment signal if
the ceigehiegmenigjreads longer than a threshold duration. 10 6. The

s cnvoiced, Ty L BE LIS HRSEHerAR AN R Rt he R
iden;i@ﬁ@%&i\@l@g@\gm&m@sﬂemmwm&mﬁmS'r@mﬁb; using the
multiple p“%@@m&ﬁo%ﬂm%ﬂiﬁﬁ‘l,%H&Fe%etﬁ@%@i@&‘?e‘aodb%%@mé?ﬁ 2ehue

segments; an
comprises:

generating an extension signal; and

adding noise to the extension signal to produce a concealment signal.
8. The method of claim 7, wherein the selected concealment technique
further comprises:

gradually decreasing energy of the extension signal along at least part of
the audio signal; and

gradually increasing energy of the noise along the at least part of the audio
signal.
9. A computer implemented method comprising:

processing a bit stream for an audio signal, including, when one or more
missing frames is encountered while processing the bit stream,

based at least in part on one or more factors, selecting a

concealment technique from among multiple available signal-dependent

concealment techniques, wherein the multiple available signal-dependent
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15 merging the multiple prior frame segments together with the multiple
concealment segments to generate a concealment signal. 7. The method
of claim 1, wherein the selected concealment technique comprises:
generating an extension signal; and 20 adding noise to the extension
signal to produce a concealment signal. 8. The method of claim 7,

whergihHaglsrRiaaRMHe06s HEIGNE SaainiestgiohHIBeR MR es: REBZHY
decreasing energy of the extension signal along at least part of the audio

signa¥CHrid S8WREHGAR IHERINRI e {nBRt e ke AR YREced Roadent that

part qf Eﬂ]ﬁ@l@ﬁ{%&r‘&'ﬂ@'uﬁdﬁ&ﬁﬁ]ﬁ&!f&fﬂ&ﬁlﬁfé}ﬂﬂé@ﬁﬁmﬁ‘ﬂﬂ GOMRIIEdeNt, a bi-
processing a bit stream for an audio SI%\&L mcludm% when one or more

missiABEFHANSS GenasaklpRLRENMIANE yhick stiligeaaTainaHos-Tosn aadlable

st leasis RMOM MR AGHABOISRICEHE S ImERNARAME RatRESRIHBom an

from among multiple available signal-dependent concealment techniques,
wher@¥rti8lmiatipraing Airmpd s ihaavdispdanrl tetwape AfmRaTe missing

technjpess InRldeAiHg EhRcipnehcrRrARRITReRRgEChNIque for voiced
content, a unidirectional concealment technique for unvoiced content that
is different than thePer{RIIBEdRGFRIsAtsEIATSARKBEARIBER faveiciadd
content, a b5 Jigsiirnal&gifcealment technique which utilizes information
from an available 5 prior frame in the audio signal before the one or more

10missihg: frantdls artineef lpiavAivaigectaltbomg fameerfapeafdiésignslude a

15

20
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technique; and performing the selected concealment technique; an
outpuigih@an@§iamelo 10. The method of claim 9 wherein the one or more
factors, furthar ipclude & oAt RISy r%ﬂﬁﬁ' ghyveen the available

prior %me angethgi%afla e f%|%§v|’?%{$%§me_ 11!?At_d\'l _
computer-imphementedntastighenesrmesintjameremissiogfreetiagibsieesm for an
more fr . ) _ o ’ :

2 Cort SR e B S e mcoiae e T TN cvcts
previdusrieapnewrimpradiogsifravdscing ysliog jitteagagiag pitch jitter; and

outputting a result;

after (e, Qg AiOREEFREMWEH e 308 BIRPBRYHATRAMARE available

wherein the introducing pitch jitter includes adding random,
pseudorandom or other pitch offset adjustment factors to pitch for the
concealment signal.
12.  The method of claim 11, wherein the random or pseudorandom pitch
offset adjustment factors include positive and negative values.
13.  The method of claim 11, wherein a separate random or pseudorandom
pitch offset adjustment factor is applied to each of plural parts of the concealment
signal.
14.  The method of claim 11, wherein the introducing includes increasing the
pitch jitter as distance away from the one or more previous frames increases.
15. A computer-implemented method comprising:

encountering one or more frames missing from a bit stream for an audio
signal;

producing a concealment signal;
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outputting a result; wherein the introducing pitch jitter includes adding
random, pseudorandom or other pitch offset adjustment factors to pitch
for the 20 concealment signal. 12. The method of claim 11, wherein the
random or pseudorandom pitch offset adjustment factors include positive
and negative values. 13. The method of claim 11, wherein a separate

random or pseisiRaRAgMsuteqRitssasiurtmentfastrns maRliedricigash

of plural parts of the concealment 25 signal. 14. The method of claim 11,

wher&iLERY intPaRIaHRTYTRENIAe ST Qe ANy RS IR TR f U Jaradinge

away from the,qneiRy S185atREEvigHa HRMAR RFFRAS SnéealMent signal, wherein
computer-implemented method comPrlsmg: encountering one or more

fram ¥ ORISR THOS S PiskIa] PUPtary £08MBrISes SRpRiIUEHBadRTAgNAtion
concqgliRsaignAd ansRiEIeSe A RssaNRal amedal lies at

least in part on signal history information from the one or more missing

frames for dESBUNB§N IR HUBRHUE Btk BIsiORY Nt Of Bip tiemal history
conceapRRLisY AMREERE o PRRSKGINESIRG ﬁﬂﬁégtf&%&igﬂ@mé%%%/equent frame.

comprises constructing information 5 representing a residual signal based

on thé&oncdarenihegahEali 1heNifry R Anadamibtrcasehgaki IRtso8f fhe
P'aces%éEgu%m?érhiﬁﬁachfé@é IRBN T OIS RG: RIOTRATRSERRSHnes to be

frames to decode the subsequentirame. 16. The method of claim 15,

wheré&ie@in £QaMHiEN 8 Go el p gesebrtecaibbetae e rhlerstindieties af an

segn%ﬁ{imgs I%f%r&%@%h@&ffﬁm@.s to be 10 used in computing

an adaptive codeébook contribution to at least a portion of an excitation
signal 6f theThgbsetesrffedaing. 1b7 wheee in preddcon ¢ s uls it ségnal history
produygy DSl | ' ! ¢ asHRAHALYa) ignal
encod e D S U et siona.
comptBing: AgnethedRemoridegder, processing a bit stream for an audio

tho bt trea e g he g B ST e e et nclucing,
availatherfrenroey ftar thg: dde otifieer avaisibfsapeadrarothied bistrahzy diktble
segments, R RIRIINIING IPa S Y UGIESEHBIRh available frame;
for the identified available segment of the plural available segments,
time-extending the identified available segment,
using one or more characteristics of the time-extended identified available
segment to adapt a linear prediction coefficient filter in generating noise, and
superimposing the generated noise onto the time-extended available
segment to create a derived segment; and
forming a merged signal using the plural available segments and the
derived segment.
19.  The method of claim 18, wherein the one or more characteristics comprise
energy of the identified available segment.
20.  The method of claim 18, wherein the plural available segments comprise
more than two available segments.
21.  The method of claim 18, wherein the processing further comprises using
the merged signal in place of the available frame and the one or more missing

frames.
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20 using one or more characteristics of the time-extended identified
available segment to adapt a linear prediction coefficient filter in
generating noise, and superimposing the generated noise onto the
time-extended available segment to create a derived segment; and
forming a merged signal using the plural available segments and the 25

derived segmenmdBod B¢ cngined ofrdrim &2, 0uiereie Bieriie @afaei&istics of

characteristics comprise energy of the identified available segment. 20. .
The iR etavRHER G FRaERNAR MapArdNERDEdEYRTEFRETES ARk Rer in
more dbat iR RerieRienpagesents. 30 21. The method of claim 18,

wherein the processing further comprises using the merged signal in
place of the RAFAIbIBNHAM AR THEUSHE T 3R FiESRIPragicta eopificient

The @i ﬁo@@&@tﬂ@gm@&@@ hBRdIsing one or more characteristics of

the identified available segment to adapt a linear prediction coefficient
filter iA3-genéxANRiGIbIOEBHIEPises: passing random noise through the

adapted linegrargehrlian eaeiisiaBEssiHE bio HHOMHES he HBNSEHRA, including,

noise. 23. A method comprising: at an audio decoder, processing a bit
streaMil et eRFURIRS I5EARE, Oh ENGHRYIssUMEHaReoliAre diffy hereaihdhen:

missing fra”?&’&ﬁ%[hwQﬁl%ﬁ%ié%&@ﬁ%' ing B AYAIRIR frame into

segments by breaking an available frame into 10 the plural available
segmi@aius avadabtesitgemte plural available segments, using one or

more charaglpsfis ofiberaneiiatle SoamBY LrataR Bdneaners iRy

coefficient filter in generating a derived segment’by analyzing the o
availdbrrassejaties b tod e lnhtesegraehit fio adepé Hibraarspriedixing eastiment

maco e ey e e i
generdtiag leaddgieditber aneht Gigntsu passingdsnityh s gembwatgh adisear
Plural g O e S A T I adge
The rmeeRoclentiainb@B) gﬁn@r@tadtheisaxailmhﬂeﬁemﬁegjzt@ﬁaﬁvai@@meht by
frameSUperimposing the generated noise and the available segment; and
forming a merged signal by merging the plural derived segments between
the plural available segments.
24.  The method of claim 23, wherein the available frame is an unvoiced
frame.
25.  The method of claim 24, wherein the one or more characteristics comprise
energy of the available segment.
26.  The method of claim 23, wherein the plural available segments include
first and second available segments, wherein the plural derived segments include
first and second derived segments, and wherein forming the merged signal
comprises:
merging the first available segment with the first derived segment;
merging the first derived segment with the second derived segment; and
merging the second derived segment with the second available segment.
27.  The method of claim 23, wherein the plural available segments comprise

more than two available segments.
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25. The method of claim 24, wherein the one or more characteristics
comprise energy of the available segment. 26. The method of claim 23,
wherein the plural available segments include 25 first and second
available segments, wherein the plural derived segments include first and
second derived segments, and wherein forming the merged signal

compgiges: MREGHghhedishapvainRimseaMeapwidl Heeifiatdgrivats comprise

segment; mergégé; the first derived segment with the second derived
segmiBAre AhN B HRrYRESA%E"SBEoNd derived segment with the second

availglje segmemktidd dheIMARY L Plerithe Brydasspiy fivenaitdprises using

available segments comprise more than two available segments. 36 28.
The rH@RSISHSKIRIAS Rincerdiihthavailakliedeie aubbip BRECE AR USSINg
gmoredhapdwo derived segments. 29. The method of claim 23, wherein the

processing further comprises using the merged signal in place of the
availalfle frafbasfiPtARCOMRS 6PTHHSHEaR ISsiRCSSharibstraamARraicgdio signal

decodry FRRHRURE IP REPE BHSsh HralRATJRT RB Bt tRaiINAk gabhandle

one or more missing frames from'the bit stream, the decoder including:
mean84bidid8htifying plural available segments from an available frame;

10 means fonelassiyingRRginG Mo aoahsu@&g@érﬂgﬁ&a#wg%na%@%rame;

voiced or unvoiced; means tor, for each of the plural available segments,
10using one oMgdie fahe pasidvirgies oo meoss afl At Beghauall ablagegrnants as

Iineawf%%mggﬁf&ﬁient filter in generating a derived segment, wherein

the generating the derived 15 segment changes depending on whether

the classificatraiofahdasrechr ahtire P\ Eikke ke Gaghtsmising obgcedmore

Al I e oA ATET FRALAER coeffcien
geneféirigragianiasng egierdvrcteramassyiristinbergaauaiingide terdwsh a
M 4L s S SR G LA
the ddtical deaitplerseomnenin éavided fsrmnivg cRanefpselsidpealsirgrynenes more
plurakﬂgaé?eqjﬁt&%%?%tﬁvaiIable segment to adapt a linear prediction coefficient
filter in generating a derived segment comprises:
passing random noise through a linear prediction coefficient filter adapted
20 to the available segment, and
superimposing the filtered noise onto an extension segment to generate the
derived segment; and
means for forming a merged signal using the plural available segments
and the plural derived segments.
25 31.  The decoder of claim 30, wherein the available frame is an unvoiced
frame.
32.  The decoder of claim 31, wherein the one or more characteristics comprise
energy of the available segment.
33.  The decoder of claim 30, wherein the plural available segments include
30 first and second available segments, wherein the plural derived segments include
first and second derived segments, and wherein forming the merged signal

comprises:
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and the plural derived segments. 25 31. The decoder of claim 30, wherein
the available frame is an unvoiced frame. 32. The decoder of claim 31,
wherein the one or more characteristics comprise energy of the available
segment. 33. The decoder of claim 30, wherein the plural available
segments include 30 first and second available segments, wherein the

plural derivegagagenigiReidnafissanasrenns e fivatieagsenimand

wherein forming the merged signal comprises: 37 merging the first

available sefIFEMHR fHet Ml Rt RRSMEBEWIEN the AReas P aRl ¢F SegBIsAb And
segment Witméhﬁ@ﬂ@%é@f@’@&i%@?&%ﬁéﬁﬂﬁitmg@%ﬁtﬁ%ﬂﬁﬁﬁ segment.
a

derived segment with the second available segment. 34. The decoder o

claim0, whete#Easess|aF &l avaRRnRNSEY Mk IEHRYAIEDI $RIBRRE Fomprise
5Wo ayRiiaRigSRIMAAITanie sddiRergcoder of claim 30, wherein the plural

derived segments comprise more than two derived segments. 36. The

decodér of clareendeiree Fammshisingr e sl Hag ek SeRgaEs comprise
signalipPRGH R/f/é%ﬁ\‘/@él'@@é‘?ﬂ@ﬁt@?e and the one or more missing frames.
10 38

36.  The decoder of claim 30, further comprising means for using the merged
signal in place of the available frame and the one or more missing frames.
10
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