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Sel ection of coding nodels for encoding an audio
signal FIELD OF THE I NVENTI ON The invention relates to

w20t hise7 of sel ecting a respective codi ng nodedT/iB2005/000924

encodi ng consecutive sections of an audi o signal,

wherein at | east one coding nodel optim zed for a

first type of audio content and at | east one coding

nodel optim zed for a second type of audio content are
agaltablienf of seltnyi modelbe forventiodingeleat enddgualilgnal
to a correspondi ng nodule, to an el ectronic device
conprising an encoder and to an audi o codi ng system

oy i nggrnmrergedesy and a decoder. Finally, the
invention relates as well to a correspondi ng software
program product. BACKGRO MD OF THE INVENTION It is

HROWh-thienpde O &b anahschod spablisetang a
efficient transm ssion and/or storage of audio

zepRA i VAredidi® nedmhl LR rePpROG1IBY RS FYhAVe opections

SnahhefudiPe QnAUdiphStaNal ot | 1 KL PUSKE , c888nEOhodel
different types of audio signals different coding

aridietiszzed ginr e GHgptopryRe of ovide| gousedt t 2RRAnpFuéeast
SOl }ﬁﬂﬁgc | ghal s h aj - Exjst ed
cfl_ﬁrpénear F#% Icti onrbx%ﬂACELgcjl c%%]it: nﬁ. %%%?% %gggt %HES
dnntEn's peet RRodiete ok ysebast del. | The siveeptihen|
i f ' the iodi ci ee pgnal .
i e A T R e g
ali¢dt varic |[davide conesisimapenvendbdier - RadetyV debandio

R- V\B f or e s a e j 1.S
SO 15 BT B P 2 TERED B0CE 0L8beLS
hesridegcrilbedidoent s ancekatast e vethntoah corresponding
§gﬁgification ‘
s ware program product.

BACKGROUND OF THE INVENTION

It is known to encode audio signals for enabling an

efficient transmission and/or storage of audio signals.

An audio signal can be a speech signal or another type of
audio signal, like music, and for different types of
audio signals different coding models might be

appropriate.

A widely used technique for coding speech signals is the
Algebraic Code-Exited Linear Prediction (ACELP) coding.
ACELP models the human speech production system, and it
is very well suited for coding the periodicity of a
speech signal. As a result, a high speech quality can be
achieved with very low bit rates. Adaptive Multi-Rate
Wideband (AMR-WB), for example, is a speech codec which
ig based on the ACELP technology. AMR-WB has been
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3GPP TS 26.190: "Speech Codec speech processing
functions; AVMR W deband speech codec; Transcodi ng

wo eovstiises”, V5 .1 .0 (2001-12). Speech codecBCTB2005/000924
are based on the human speech production system
however, performusually rather badly for other types
of audio signals, like nusic. A widely used technique
for coding other audio signals than speech is
desmsiloedn Dodi gs€F¢ inThiee supennbealyspectfanstaom

' " based Ki
S0P M B o Sh 808, (3408780 00nPELEERLUE g Sk! N
ﬁuﬁnﬂi¢ﬁ@,amﬂmqwsﬂ?hahdcape@ehfuodher Tnp?eved;bg

electin a Ira n ]
A o e O ele S8R 1D 1 SrEefneblabl vhitn axe
B?ﬁ&ﬂk?ﬁeﬁhéeﬁMMinlQ%éebhgﬁrdﬂabtiynfstaedlOhsw@naks
(0] r an s ec el rman not
oAb R har L baBRL BT o DR I38 5h

éigﬁéiguruﬁx@eﬂugp@ech is usually rather |ow,
especially with long TCX frane | engths . The extended
AMR- VB ( AMR- VW\B+) codec encodes a stereo audi o signa

ASypadi Ghudidr et enAvYQeSEgRakodNdgPberbdesusore sSigel s
informati on for a stereo extension. The AMR-WB+ codec

that | yRecdat hs prerpiesni rgdand TEKhodEhs €8P§ﬁ&86éty of

Eféhé%%ﬁm”Pﬁélﬁggﬁék blla@-f EegHENCY sbaadeal o8 He%c% tual
6400 Hz. For the TCX nodel, a coding franme |engt of
%EIP e

PRSRENT 4n¢h EregusdCHsdPBaini FPdend - STHEe THA LA
odel ?S&iédgléﬁﬁ}aHQhObQUE%kEMeéan LaRekoLy
orns usua

coding p y poorly speec espeC|aIIy
mhb©0¢bmg gogihgabianesdang éﬁpm@yééngthefor the

transform coding. But while transform coding techniques
result in a high guality for audio signals other than
speech, their performance is not good for periodic speech
signals. Therefore, the quality of transform coded speech
is usually rather low, especially with long TCX frame

lengths.

The extended AMR-WB (AMR-WB+) codec encodes a stereo
audio signal as a high bitrate mono signal and provides
some side information for a stereo extension. The AMR-WB+
codec utilizes both, ACELP coding and TCX models to
encode the core mono signal in a frequency band of 0 Hz
to 6400 Hz. For the TCX model, a coding frame length of

20 ms, 40 ms or 80 ms is utilized.

Since an ACELP model can degrade the audio quality and
transform coding performs usually poorly for speech,
especially when long coding frames are employed, the
respective best coding model has to be selected depending
on the properties of the signal which is to be coded. The
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respecti ve best codi ng nodel has to be sel ected
dependi ng on the properties of the signal which is to

wheoosotser Thesel ection of the codi ng nodel WhPCHIB2805/000924

actually to be enployed can be carried out in various
ways . In systens requiring | ow conplexity techniques,
i ke nmobile nmultinedia services (MVS) , usually
nmusi c/ speech cl assification algorithnms are exploited

 dfedre cgell @ to Mg hhecapingrahodeli wigl eindes . adheskly to be

%%ﬁ¥wlt ns C|aSSIE%%IQ§ entire_;gg{ggss%%?gl ei ther as

& speeé% ased on an analysis t he energy
and the frequency propertles of the audio signal. If

n audi o signal, consists 0O of . speech. or _on
e e L R TR AT S TR AT
MHﬁhﬂefmulﬁiﬁhdﬂﬁiééxﬁi@ﬁﬁl MMSBd e8uslth Ausic/speech
nusi ¢/ eech cI ssifjcation. o%hﬁr cases, . . n
REF R LGP ke (P Lol 6o Bo  BRoRaLRCEdng the
dpxash y@@dMg asli@lL sipinede FDGoLKenpkeclapeeeh ony be
present at the sane tipe as nusic and/ or be tenpﬁ g

e

%ﬂ§¥ﬁ?uﬁ?¥ﬁfﬁwﬁ}g?ﬁkl%l?%e¥h%saﬂﬂ?bcs?ﬁnﬁﬁ SPREF

SBSES, afa Ty 551 bf Cahd On&Fgpndhd eLBe Ufﬁéqﬁéﬁ&@' §rbpte@tles
a music or a speech category is a too limted
Appreraciidimes 935l | audi o quality can then only be
maxi m zed by tenporally switching between the coding
nodel s when coding the audio signal. That is, the

WORIP aiedied $hopak t FYnebeds aeniel PIf Peeshi A andyuPde

migpal gl aﬁ;iinﬁg Qét@é‘fé&‘ngystgnéEeoEﬂér samencodlfng

speech, nodel is partly used as well
mp@©brﬁ@rst@ﬁa¢nbinSs$ig@@1abaaeép@écﬁu§hgﬁamuSFﬁdﬁPGECh

%ﬂ% gif% 'Efél’lo.f Iltlhﬁﬁlﬁ?dbgﬂeg‘)gsgesonﬁo@@w&g r%ﬁ.’l%r ahalo

SI gna S as speec
signal which is to be encoded is a mixed type of audio

signal. For example, speech may be present at the same
time as music and/or be temporally alternating with music

in the audio signal.

In these cases, a classification of entire source signals
into a music or a speech category is a too limited
approach. The overall audio quélity can then only be
maximized by temporally switching between the coding
models when coding the audio signal. That is, the ACELP
model is partly used as well for coding a source signal
classified as an audio signal other than speech, while
the TCX model is partly used as well for a source signal
classified as a speech signal. From the viewpoint of the
coding model, one could refer to the signals as speech-
like or music-like signals. Depending on the properties
of the signal, either the ACELP coding model or the TCX

model has better performance.
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or nusic-like signals. Depending on the properties of

the signal, either the ACELP codi ng nodel or the TCX
woreeel11t5es better performance. The ext ended AMRPABIB2005/000924

(AVR-VB+) codec is designed as well for coding such

m xed types of audio signals with m xed codi ng nodel s

~.on a frane -by- franme basis. The sel ection of coding

models in AMR-WB+ can be carried out in several ways

e ma’“ﬁﬁd Mﬁ“@( il Qe i AleF iored sps well
@%}( %%gn[\% Xtml 5 %ﬁ§%@'m1@®l&ﬁa%&ﬁﬂﬁxed

I's synthesized again for
daﬂﬂmgxmddaﬁﬁlqn1a'ﬁﬂamﬁﬁthﬁmﬂmQub%ﬁﬂ$s t hen sel ect ed

based on the quality of the synthesized speech
signals. The quality of the synthesized speech
'Ilh%SlﬁeIlldtg:iMrt B sqeohd imodadi hatAR-¥an dan neasgaedied

for exa e detern1n|ng its signhal-to-noise ratio

¥Ris -by- synthesis type of approach
mnll prOV|de good results. In sone applications,
however, is not practicable, because. of

T (e T o T8 L 6 CRPREA S Bt § B T #aT bk FoFoC Sncoded

BN E, B8] apebhsata©Nsns THE RORPP exh8yTCRSHbES]S .
| argely fromthe ACELP codi ng, _which | t he npst
Nﬁﬁﬁﬂe%@%xﬁ%g%ﬂlahseﬁ%%ﬁ%?31¥%ds§%?%ﬂs Fkﬁa%%s for

SIS idhe fid | béé@sgﬁci@@@léﬂaiyStﬁenbyeléyﬁtaaeBESed
approach is far too conplex to perform_In, an

@hddterqua bk s of ethe ?W%%%F%Q BPeRC |66§nﬁéﬁhoﬁhﬁs
cglma%gﬂ?f °£dh§|eé%ﬁh@éﬂge&h%gééhaﬁeé@ﬁ’efngodhﬂg godel

IS selected for encoding a particular
fpearet 1 AMRNIBINgE  enscanobdi Rearered| RF cBIFBNEXPt Y

é&%gk$f§§hg its signal-to-noise ratio (SNR). This
analysis-by-synthesis type of approach will provide good
results. In some applications, however, it is not
practicable, because of its very high complexity. Such
applications include, for example, mobile applications.
The complexity results largely from the ACELP coding,

which is the most complex part of an encoder.

In systems like MMS, for example, the full closed-loop
analysis-by-synthesis approach is far too complex to
perform. In an MMS encoder, therefore, a low complex
open-loop method is employed for determining whether an
ACELP coding model or a TCX model is selected for

encoding a particular frame.

AMR-WB+ offers two different low-complexity open-loop
approaches for selecting the respective coding model for
each frame. Both open-loop approaches evaluate source
gignal chéracteristics and encoding parameters for

selecting a respective coding model.
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approaches for selecting the respective codi ng nodel
for each frane. Both open- | oop approaches eval uate
waowsaelrss1 gnal characteristics and encodi ng paPEIER2005%000924

for selecting a respective coding nodel.In the first
open- | oop approach, an audio signal is first split up

W thin each frame into several frequency bands, and

the relation between the energy in the | ower frequency
bands and the energy in the higher frequency bands is

nal.yzed., _ lLeye i atl I ;
Thaslé e - RGBSR B0t 18 eirer
spidito g gnidthirs ¢dmwn Ttassi ined ssveralisfrefikscy bands,
content or speech-| i ke content_ bas both of the
ab%cff Sreict acacg err%n < HrHn %ﬁl?’fﬁ%s?e% glg%b?%g?rons of
fhepeeneasharede dsd ushe gekfder ent tlamahyshesr wEndquency

and_deci sion threshold values. _ln the second open-lo

S eh SU AT & 6T i e 1 B 1 G aE oy eL vt athons
ol asshdd aedndd. rEfeé nendhd , coéleenodingeacdef ramkeeti ehe
i's.pbased on an evaluatjon of.the periodicity.and th

AT T br D T L P hEL SRS COREERE g coffent
deshestdéden {108 edntder avgdied sbgnedbeh Peti pHecheyfanfled
stationary properties_are evaluated npre sggc' ically

TRARRERITR G (1 COR rGF B FHRIC LBABO TR it PREAPEL FBRSELTP)

R ANEL RSt ANGs SR CA L Bf « Hh 5t 28EL1 PBAS W EABBYS . ab¥eEN
t hough two different open | oop approaches can be

&Pl Dt erd-herskel @ct#hgethe optimal codi ng model for'
each audio signal frame, still in sonme cases the

opti mal encodi ng nodel cannot be found with the

Bxi the ngecore apeet laeP eebPspaalgoviifhsisFal sexafprered

the,valyg-Pf - o SLopal chanact et hshibse evahuatedihgl mddel

certaln rane may
selection is based on an evaluation of the periodicity

and the stationary properties of the audio content in a
respective frame of the audio signal. Periodicity and
stationary properties are evaluated more specifically by
determining correlation, Long Term Prediction (LTP)

parameters and spectral distance measurements.

Even though two different open loop approaches can be
exploited for selecting the optimal qoding model for each
audio signal frame, still in some cases the optimal
encoding model cannot be found with the existing code
model selection algorithms. For example, the value of a
signal characteristic evaluated for a certain frame may

be neither clearly indicative of speech nor of music.
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be neither clearly indicative of speech nor of
musi c. SUM VI ARY OF THE I NVENTION It is an object of
W@ b@sitmsenti on to i nprove the selection of a chdi/IBR005/000924
nodel which is to be enployed for encoding a
respective section of an audio signal. A nmethod of
sel ecting a respective codi ng nodel for encoding
consecutive sections of an audio signal is proposed,
SWBAYN Offt TIHEASINVENT Ii ng nodel optinized for a
first type of audio content and at | east one coding
nodel optim zed for a second type of audio content are
I@Vldisﬂ ak @Hfj@ctseiﬁﬁ(ﬂﬂa)rin\}ﬁ}ﬁ:jrmi hool lgovsitiye selection
sel ectin or ch . secti,on of .the audio signal a
oot RE O MY B i b DD G toF ecoding a
reh{rttierd Hddt ididigmtdmagddie tyienal . audi o content in
the respective section, if viable. The nethod further
conprises selecting for each renaining section of the
22480 WRlse it WY & RS @ctvoncbases aodal feast
one signal characteristic is not viable, a coding,
Rs@S i nsh SR HF W St T8t ks bl it ?%‘ﬁl%f S%Sﬁ%agoij? ng

sedhivahehame heere sl ested-based wvaéheopt iheast for
one signal characteristic for neighboring sectiong,of
ing

a Heneds pams vaf rapdiai srpeRt iRl 3 193¢0 BRe o
ﬁg&%ﬂ*ﬁﬁ%%h*i@ﬁ #dris é@%oﬁ@qg%§§d®fea@ﬂi&h@éﬂﬁent are
possi bl’e, hat the first selection step is carried out
el lalhl s eter opslott idre. dliee OnsHaRal coBRF bFenghEslecting
fso%:co&q:ﬁeéfﬁ 9 St ephd ,Salgcﬁ{cgoélf\%gai of th8ih§™mbAENIbased
sections of the audio signal . Mreover, a nbdule for
encudi Iepconsee uti yrabechdé vactofiahiquandispghal khrehtype
respectiv [ el .l S | east,
&, FREPE LR 596110 dRgchodsepLopuosecoh, | e85t aee.
The method further comprises selecting for each remaining
section of the audio signal, for which a selection based
on at least one signal characteristic is not viable, a
coding model based on a statistical evaluation of the
coding models which have been selected based on the at
least one signal characteristic for neighboring sections

of the respective remaining section.

Tt is to be understood that it is not required, even
though possible, that the first selection step is carried
out for all sections of the audio signal, before the
second selection step is performed for the remaining

sections of the audio signal.

Moreover, a module for encoding consécutive gections of
an audio signal with a respective coding model is
proposed. At least one coding model optimized for a first
type of audio content and at least one coding model

optimized for a second type of audio content are
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type of audio content and at |east one codi ng nodel
optim zed for a second type of audi o content

wae@ansisbabl e in the encoder. The nodul e conprPGEEB2805/000924

first evaluation portion adapted to select for a
respective section of the audio signal a codi ng nodel
based on at | east one signal characteristic indicating
the type of audio content in this section, if viable.
aRreel Tnadeli 8 elif urhidesncodpr i sSEse anséebadcevpruaeson first

ortian adapted. t tisticall I th .
AT G Terd bo TREETE rEBE c3af capRSHL Ve
iKﬁﬁidﬁ]d%ﬁtﬂﬁﬂ@&ﬁﬁmi@Qgﬁfb%éOﬁi%@ﬁ%GﬂOﬁe%ehabﬂﬂngn at
sectl on of an 1.0 signal.for I the 11 t
Caruaner inat sieiedher e eotnilsh BoarnERkonepe o
Aaid cselatt Bn coli 89ssvtdedn | of f eachbdé . t TRer RBEUMNENY
sect.ions based on the resgectixe statistic

a
REK | SR HHREE Frod P RCPRT t AER L UBRDPT sBeT HACBNBEEPRES t°

éﬁﬁﬁiéﬁ&éé!%@n§ﬁﬂiﬁﬂtéaﬁﬂeSﬁélééﬁi@ﬁ bhecaudhg mbgeak by
with_ the coding npdel selected for {he respective,
SR tF et THE Hirful @2 cBAT BEOF of OB xBAPPRPAR BHCSEF 16RS of

Sl LR BReosles: 1 MR 89VER, 28818l 8EHRANI Eodeyheeh the
conprising an encoder with the features of the
b eposa@ @1 BOBE 6PBsEAS WBEeHOLECLER BugPdirgdmegel .

SYGUE SOTREE Sh No@PnENRader ¥hi-hehbR beatueesephihhag
proposed nodule and inh addition a decoder for decoding
eepikent i hesedcodethseteFBASt b7 caRtabdFEiSRgnaV kAR 1gn -
£801 i tPY ety LIRE Y EGn] 25 €00 0f! BACLAENEEBBRELLNE For
section IS proposed. nally, a softwaré program

Prooditng | saph opesedoni afwhhehandéof shanalcwdehf he coding
RELECLI00-8: LESPEEL LNE £00bO. IBUCLLLO oB1COENGoqule can
consecufrve sectrons of an audi o si gnal 1s stored, 1Is

Ipe ofos eelkavighe nanaentedst onepauti af apbdehcoder.

Moreover, an electronic device comprising an encoder with

the features of the proposed module isg proposed.

Moreover, an audio coding system comprising an encoder
with the features of the proposed module and in addition
a decoder for decoding consecutive encoded sections of an
audio signal with a coding model employed for encoding

the respective section is proposed.

Finally, a software program product is proposed, in which
a software code for selecting a respective coding model
for encoding consecutive sections of an audio signal is
stored, is proposed. Again, at least one coding model
optimized for a first type of audio content and at least
one coding model optimized for a second type of audio

content are available for selection. When running in a
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optim zed for a first type of audio content and at

| east one codi ng nodel optimzed for a second type of
w@owso1sent ent are avail abl e for sel ecti on. WBGI/IB2005/000924

runni ng i n aprocessi ng conponent of an encoder, the

software code realizes the steps of the proposed

nmet hod. The invention proceeds fromthe consideration

that the type of an audio content in a section of an
pamxdje:s@inyla:lom@dﬂentosif mmbsabiqdetme, siim¢ | s0ftwatdecoype

of .an au ntent ne| hbori n ns of the

TS Y95 O%hé}ef é“%ré%&@%%ﬁ% in case

t he opt|nal codlng nodel for a specific section cannot
sel ected unambi us ed on th eval uat

e e ha a0y Ao R0 e LR Loy vae

8] QIO rd N rsBicd | s it t:he &pesttion seftamnaadeo s:.gnal

eval uated statistically. is to be noted that

G T 2 A e s UFL T3 b R R et ced i 8o

R ahid N rest grevee Uudd | ddcefohbeosetivst @ddLodsgnal . It
nodel s, for exanple in formof a stg?lstlcal

ey ARG TR DIPEIRCTSHERAT chivt 8RTS defer APhithat oopeing

BT 1 56d Dysddres ned ohbor i B9 seehbONBe dBEestadi Sti cal
eval uation is then_used for selecting the codi ng nodel

U TUOHRRY PRIIANY tre %%%%u%ﬁ%df6F9Fﬁ% specific
éﬁ%% ridiiSs anciRdvani age mbathe bavestéanchbhat it

I'nding an opti nal encodlng,nndel for nost
m&mﬂhbﬂ%ﬂ@ﬁ sechien® of ghle, SeO8hT16r SABSLOBf 2Ffose

Seetd éﬂ@i&@1+§1fy' S1004 5 PESSHB! Bo¥klihthat the

conven |on open [oop approaches for selecting the
st nicabdevaludhioni ¢f erbaset gpdingf madal s ®akHt @AEC be

&@yl SOIPLLSE %Ql@gﬁl6ﬁu$§rthéhggggc98& gxgh HS ¥eh¥is, for

peech and
example in form of a statistical evaluation of the type

of content determined to be comprised by the neighboring
sections. The statistical evaluation is then used for
selecting the coding model which is most probably the

best one for the specific section.

It is an advantage of the invention that it allows
finding an optimal encoding model for most sections of an
audio signal, even for most of those sections in which
this is not possible with conventional open loop

approaches for selecting the encoding model.

The different types of audio content may comprise in

particular, though not exclusively, speech and other

content than speech, for example music. Such other audio
content than speech is freguently also referred to simply
as audio. The selectable coding model optimized for
speech is then advantageously an algebraic code-excited

linear prediction coding model and the selectable coding

8
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content than speech, for exanple nusic. Such other
audi o content than speech is frequently also referred
W oosiimsby as audi o. The sel ectabl e codi ng nodeCT/IB2005/000924
optim zed for speech is then advantageously an
al gebrai c code-excited |inear prediction codi ng nodel
and the sel ectabl e codi ngnodel optim zed for the other
content is advantageously a transform codi ng nodel.
mbHelseptiionsedf fidre tdnedict hedrgraintstite b sarcalvaakeagdansly a
acco%nt for the stg%gstlcal eval uation for a remaining

traps; BEmnﬁﬁdégﬁbF} Tonl'y sections preceding the

remai ni ng section, but equally sections precedi ng and

following the i ning sectio Iat h

Thgr FREEL H@réﬁéég? oﬁﬁﬁﬁ}qtﬂﬁgf se:écfQ%%gﬁ HEeb

a%%%hn%OQbﬁgtm@d@téﬂﬂsﬁtd&ﬂﬁﬁﬁaﬂuhﬁMHﬁIﬁnr drrémmﬂnlng
enbodi nrent of the invention, the stati st

a
SOFALGR TSN COMRLISE Fbuhts ST Bt é?i?:%ceo‘#mt%etké%di ng
r‘éﬁ@%lrﬁn'gh%é&lﬂm{ Hut f’@;d&ﬂ_ﬂhtﬁﬁdmrﬁéqmmim and
whi ch the respectiyve, codln nodel been sel ecte
CPRA ST SIS I A0Te. (T cH TS PRt

enboé& G AN Ha 1ronPasing 1 101 8ACE GidBEct 1My Ofige best

nt of the invention, the statistica
addingatiasieli £QF rorFra FFHE st28t % cal eval uati on
with respect to the coding nodels. For exanple, if the
first type of audio content is speech and the second
3qummaﬁemhﬂﬂxmqnﬁnQﬁnth% HudRRE Eomit e ot s hana!

S 2l di gﬁg@f - Ol Seel 1,005 8k L a SRESE Ne RONEEAtnd! ©

er of sections with
rmmmos e entmbehi of ehls@r:eslmborh@ epeFEEoRBdfor which

€hé”¥gspeék£¢“%%ﬁi£§ lalhe,gncgded spPEECP=§ONTRAt number

of selections of the different coding models can then be

compared to each other.

In one embodiment of the invention, the statistical
evaluation is a non-uniform statistical evaluation with
respect to the coding models. For example, if the first
type of audio content is speech and the second type of
audio content is audio content other than speech, the
number of sections with speech content are weighted
higher than the number of sections with other audio
content. This ensures for the entire audio signal a high

quality of the encoded speech content.

In one embodiment of the invention, each of the sections
of the audio signal to which a coding model is assigned

corresponds to a frame.

Other objects and features of the present invention will

become apparent from the following detailed description

9
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In one enbodi nent of the invention, each of the
sections of the audio signal to which a codi ng node

w0 20084sisghed corresponds to a frame . O her obPEDIBR0GIIH0924

features of the present invention will becone apparent
fromthe follow ng detail ed descriptionconsidered in
conjunction with the acconpanying drawings. It is to

be understood, however, that the draw ngs are desi gned
csol sl defeaat #nnquniunqﬁidﬂIwinheﬂhewaewmmpmthngadrawings.
:H§f|n|t| n of d toéﬁt of the | ventégg or whi ch e
ref@?éﬁc Shou &ﬁa ?%FY%%’append c? ?W%ng?tar
ddumgnbdxsdlﬂlyufonnphﬂpﬁgmﬂidﬁaillmmmrmtmwngSnarﬁoﬁoas a

rawn to s and that t are, nerel |nt nded to
AR 19 (eI (T ST GPesTaby BrocenteRs
ﬁ?ﬁﬁ%éﬂ&ﬁi§Hﬂﬁ%§hbé¥ﬂé§%[Eﬁxﬁﬂé?aﬁﬁéﬁﬁéa$ﬁiélﬁngﬁt

i g. IS schemat i |agr m.o em according to
S&W‘-@ﬁ%dﬂ? AR (RS TR o?PafFa@hg zéﬁwan@?om hart
dddwstdatd il & hehdpeiad | ey mtdensysiem otefrdgdr €ol |
and Fig. 3 is a franme diagramillustrating the

PRI 1 TSt 1e P GEREC YT oS (A% PRpFedures

JESGRIFTY O THE | NVENTION Figure 1 is a schematic
di agram of an audi o codi ng system according to an

enbodi nent of the invention, which enables for any

BHAE Bic@r PO G oned Argekestion of an optinal
codi ng nodel . The system conprises a first device 1

i ncludi ng an AMRWB+ encoder 10 and a second device 2

Etirgph' udi ng an, AMge B4 cde&loa@gefa@%f Thesfditsh devbegidy to

be for instance an
an embodiment of the invention;

Fig. 2 ig a flow chart illustrating the operation in the
system of Figure 1; and
Fig. 3 is a frame diagram illustrating the operation in

the system of Figure 1.
DETAILED DESCRIPTION OF THE INVENTION

Figure 1 is a schematic diagram of an audio coding system
according to an embodiment of the invention, which
enables for any frame of an audio signal a selection of

an optimal coding model.

The system comprises a first device 1 including an AMR-
WB+ encoder 10 and a second device 2 including an AMR-WB+
decoder 20. The first device 1 can be for instance an MMS
gerver, while the second device 2 can be for instance a

mobile phone or another mobile device.

The encoder 10 of the first device 1 comprises a first

evaluation portion 12 for evaluating the characteristics
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server, while the second device 2 can be for instance

a nobil e phone or another nobile device. The encoder
waosfittske first device 1 conprises a first evedT/ER20@000924

portion 12 for evaluating the characteristicsof

i ncom ng audi o signals, a second evaluation portion 13

for statistical evaluations and an encodi ng portion 14

. The first evaluation portion 12 is |inked on the one

dfanichdamitriee aantionli siggmeal$ | on ddcamd evialhetbbhepohandn 13

€ Segon vaI t|on ort| e .
ge(V‘ﬁaI aatl oﬁc pcgar ion- Ig ?(?y | nﬂcggimﬁ §8 glon 4.
Ehuxﬂhﬂg;rnraluﬁtﬂgh pafmn@mcbmlﬂg bnnkednoﬂ4ths one hand

f bl ble t | LP codi
o GRIo b T Vol A i o R afBs e THERFFr gpmd €8 the

éﬁfﬂn%?é$gnuaﬁi?fnpd£h1®ﬂelsecvnd egabhdt eoalpattioan

and the encodi tion_14 c e realized in,
BT 4 SR hol e T Phe SEpredtad Hgr ion 14
TURAeHidd ©drit fen engoderpdose nhabTH aslendbcappmyban
dashed |ines. The operation of _the encoder 8 now
NMER K306 Torebret det 5F¥ WPER!r EPeFEREdvE F‘Hélf’l ow
Shatds of Figure 2 . The encoder 10 receives an audio

si gnal which has been provided to the first device 1

A linear prediction (LP) filter (not shown) cal cul ates

T € 1 %ﬁawlgﬂ%wwﬂt $2(LPR bBceagheaddiation
signal frane to nodel the spectral envel ope, The LPC

et ten i bh @ plee bynep@ing| pertior é4chafr RRerpaliged in
1%%%%%%?&%? éhgof gén§Wp9ﬁ£|9H ;4p§bEQ§E19§S%gmBBnent

ng nod or a nodel © For the~codin
lﬁrQ@tmh@ ¢mp¢dﬁ¥vwﬁ, whecbu@solsﬁgﬁatedsbgrdasb@duﬁlnes
superfranes of 80 ns, each conprising four

The operation of the encoder 10 will now be described in

more detail with reference to the flow chart of Figure 2.

The encoder 10 receives an audio signal which has been

provided to the first device 1.

A linear prediction (LP) filter (not shown) calculates
linear prediction coefficients (LPC) in each audio signal
frame to model the spectral envelope. The LPC excitation
output by the filter for each frame is to be encoded by
the encoding portion 14 either based on an ACELP coding

model or a TCX model.

For the coding structure in AMR-WB+, the audio signal is
grouped in superframes of 80 ms, each comprising four
frames of 20 me. The encoding process for encoding a
superframe of 4*20 ms for transmission is only started
when the coding mode selection has been completed for all

audio signal frames in the superframe.
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frames of 20 ms . The encodi ng process for encoding a

superfrane of 4*20 ms for transm ssion is only
wae@stiedewhen t he codi ng node sel ecti on has beReI/1B2005/000924

conpleted for all audio signal franes in the

superfrane. For selecting the respective codi ng nodel

for the audio signal frames, the first evaluation

portion 12 determ nes signal characteristics of the

recei ved audio signal on a franme -by- franme basis for

exanple wi,ith one of the aqpenlo a h i :
PGBoPBLoPhGES TOF SRARBCE LRe ORBPG are oA Sl pritio
s@@h&@eﬁFEQWFE and Eﬁg&trehﬁsmuﬁﬂcm perdsicandl 2 hiletermines
energy |l evel variations _in |ower and higher fr.
sEanas EBATBE T A e 8 N kR o
£2RALY BS FMaRAOWS a8 FognalxaGitAlactiati sineof the open-
Al'ternatively or in addition, paraneters which define
lohe pePreaceesy 'sREIoNsS GRa%F -prTgﬁ’ér'ti SR Audi

e8! 1 ehickie reankeloat et weali aswd:T R aigher st tagiaicy
speCfral distance neasurenents, can be determ ned. for
beadls BrdmEhes SRl Ialadteiati @y v jYth Hd Bigher
f%%%?%%%&o%ah%%tdd%ﬂﬁgmaégeﬂﬁﬁhé&NEB%rgﬁﬂﬂfﬁﬁﬁhe with
classification approaches, the first evaluation
Spdifieivemt1 2nedyisd e qUAIPTURE FHIH I TPRA2PF 15t 7B
Agg%rr%%%QQ#g.:yc hd s SWded it classidardhe wondendepine the

0 si'g frames as nusic- ‘or speech-|ike content.
DETE dd ircsitt ye veaddu attiaori roray G e A here t9F e5he oredalsify
stﬁ;lh?gna ontant, ‘%{oﬁ%ﬁ%éfﬁ'%ﬂu%&?@i“ﬁ“ﬁaﬁérﬁé@ér@sand/ or

I'¢1'i Ke"content or as speech-1i ke content based on
sfercashdl dlivetaress figragucenten e i el 8¢ giefermined for

characteristics or_-conbi ' e S t he
YA &S (s cc%)élg%&de{ e?%%edo%%i g@ to%be
understood that instead of the above mentioned

classification approaches, the first evaluation portion
12 could equally use any other classification approach
which is suited to classify the content of audio signal

frames as music- or speech-1like content.

The first evaluation portion 12 then tries to classify
the content of each frame of the audio signal as music-
like content or as speech-like content based on threshold
values for the detefmined signal characteristics or

combinations thereof.

Mogt of the audio signal frames can be determined this
way to contain clearly speech-like content or music-like

content.

For all frames for which the type of the audio content
can be identified unambiguously, an appropriate coding

model is selected. More specifically, for example, the
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way to contain clearly speech-like content or

musi c-li ke content. For all franmes for which the type
wotooshelseaudi o content can be identified unanmbi BCDUBA0§5/000924

an appropriate coding nodel is selected. Mire

specifically, for exanple, theACELP coding nodel is

sel ected for all speech frames and the TCX nodel is

selected for all audio franes. A s already nentioned,

AGRLR oehdignaoaeds]l coul @eh¢csbe®ef@él atledppachoftanereand

Y sy T SXAHTP] £ éé‘l 0g&H- é??paéﬁ%oﬁﬁgggé by a

pre- sel ection of ctab e codi ng node y neans of
an open- | oop approach fol | oned by a cl osed- |oop

Z%?ppﬁgggi%greﬁ %?ﬁggmj gcggg%ggmggggg 88&&8”81SO bg

hioF on 85kl 8¢t els s provrd
éaﬂéduedliﬁts®mal@Gh&nnw&prtfon éﬂampleheneanodlnged loop

%ﬁgﬁ q% SOIEe_ Cases homevgr %he S nm
R r?Et?%saa?% T ST tRY vh EFREFFY geﬁP % St he
e Ve b:3l @fby: gméamé .hof fnauii h@@ne}a:se}_s atpprMRfﬁll lwaFdebysa
SSoC ed to the fra .. Informati on on e se
STl Soptragh Tor ke BeRE ol aBathyo: RESRLr ot
st@ddj on portion 12 to the second eval uati on portion

13 . The second evaluation portion 13 now selects a
specific coding nodel as well for the UNCERTAI N node

T4 SR e Dase RNt Be St &l 6t E€akogYaGUAbHEN sOf st Beotadeagby
nodel s associated, to the respective nei ghbor.i

FRAESToY [SHR FBRELORCPPRFLGTI hdi B4Rt BREVABPPESPRsPeEEion
{or the respective UNCERTAIN node franme. \Wen the
voice activity indicator VADflag is

In some cases, however, the signal characteristics are
not suited to clearly identify the type of content. In
these cases, an UNCERTAIN mode is associated to the

frame.

Information on the selected coding models for all frames
are provided by the first evaluation portion 12 to the
second evaluation portion 13. The second evaluation
portion 13 now selects a specific coding model as well
for the UNCERTAIN mode frames based on a statistical
evaluation of the coding models associated to the
respective neighboring frames, if a voice activity
indicator VADflag is set for the respective UNCERTAIN
mode frame. When the voice activity indicator VADflag is
not set, the flag thereby indicating a silent period, the
selected mode is TCX by default and none of the mode

selection algorithms has to be performed.

For the statistical evaluation, a current superframe, to

which an UNCERTAIN mode frame belongs, and a previous
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not set, the flag thereby indicating a silent period,

the selected node is TCX by default and none of the
woreeée/1ssbect i on al gorithnms has to be perf or nedPCHIB2003180924

statistical evaluation, a current superframe, to which

an UNCERTAI N node frane bel ongs, and a

previ oussuperfranme preceding this current superfrane

are consi dered. The second eval uation portion 13

DURAT Sraye meegseding otint #rsuthenhusiteer bfameages in

1 he, current e [ i QUS
e e e
dwnd i o5 tcavat emras | ne poutben dR. fiMonesven, thhecserent
eval uation portion 13 counts the n fframes in
T D AN 5L 0 B Sk P b5 o et fRT b eme
K gedd g hedgl hhas Bembsol eB8bedsbhashbefhrst
sel ected by the.firg% eval uation gﬁrtion 12, foi m?Lch
T EGVetOt RPT ot @8 St i VPTSOYREr cator SFsO88t SVantetrsP
ﬁ$&fﬁbﬂruiukéﬁﬁ©@ tﬁ@l%@hﬁfrEGEYﬁyaﬁésefﬂsthe previous
redetermn t hr esho val ue. The,total energy_can be
%&P%{#W@% d‘f’h](Pr‘Eﬁln@ THe wodrd & Ghaf PREGE: FFaMENt
Tagguiensy bangls, obysdener nhgi Pgehheesegnall bgvehe first

separately for all frequency bands, and by sunm ng the
RN HeP | RVEE 501 The- pﬁ%evla%ﬁ%ln@ar?ﬂvaghaﬁa varue

dotivhe, t oL@l c8PEFOYsi Bet, f sARREBRYwRECEEEnf @Bdition the
i nstance to 60. The counting of franes to which an

roERb ereRdyy eEderinad BreAchesnyned rerembeldovalue. The

tim 1 ethdfyfr agRsHRr egeding: 8 HHICERIANFDR! baRRo
Unl ess the XMKERTAIN node frame 1s the |ast frame in
shanelriehe dibbereabelragvencliebaefect by drEsygmaging the

é@@%&f PévQPCQQﬁQEaEé§9E§o§rQliafﬁe&ﬁéﬁc§CBQHa%,-and by
summing the resulting levels. The predetermined threshold
value for the total energy in a frame may be set for

instance to 60.

The counting of frames to which an ACELP coding model has
been assigned is thus not limited to frames preceding an
UNCERTAIN mode frame. Unless the UNCERTAIN mode frame is
the last frame in the current superframe, also the
selected encoding models of upcoming frames are take into‘

account.

This is illustrated in Figure 3, which presents by way of
an example the distribution of coding modes indicated by

the first evaluation portion 12 to the second evaluation

portion 13 for enabling the second evaluation portion 13

to select a coding model for a specific UNCERTAIN mode

frame.

14
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This is illustrated in Figure 3 , which presents by
way of an exanple the distribution of codi ng nodes
wo pabsastsed by the first evaluation portion 12 POI/IB2605/000924
second eval uation portion 13 for enabling the second
eval uation portion 13 to select a coding nodel for a
speci fic UNCERTAIN node franme .Figure 3 is a schematic
di agram of a current superfrane n and a precedi ng
Figverd ranes e lsci@acit iof ddmgsamperf ranesrhent asteagthame n

f 80 r di I a
e
]r;@rse\a dlmgllgerﬁ r&amgnsr a;l]nd:omzmpns:esw ofwuf r@n@ﬁot felwlal;h
n _ACELP caodi ng -no en_ assj
BT o R 9 Gl oht ShpertPangen chemple,
uhﬁnpreﬁﬁbusféupﬁrﬁﬂamﬁan{I)awmphlaeéIEbundﬁtamas been

Si d, f h UNDEF|
SR e B AR IR R G o S
ok thgevanded t has Etze@:mcasa:gnem@nﬁuﬁrénw ttipéramemeon

whi ch, again TCX del has ass ed. S
FRIRY R & Wi TRt OB A C n‘aO%Ahebéshlagen

des gh o eé@c@brf@rfﬁé‘rﬁe e i Wl@l@luréﬁnUNEEEENEDaﬂBdé has
before the current, superframe n capn be encaqd

bR FHF N he B apt e %%ﬁlﬁpa’ao%ffﬁa%ﬁaéﬁng

otk 1 e d Beddtlsihddeaidi 4 dEbiape apgméheof QHLER again
frame, . _respectively, can be considered in the

StHET Shodal vl keen dewagReedis carried out for

sel ecting a coding nodel for the second frane of t he
current superfranme. The counting of frames can

el Zered rbovet dree S iHeNeBE| of ﬁ@dwau@@deéaehas

ﬂa% Jéé PESYMPLE 4 | 207 HEXSR: Pre PEEMMRAE (EhpaT £ TENA0N,

before the current superframe n can be encoded.
Therefore, the assignment of the ACELP coding model and
the TCX model to the third frame and the fourth frame,
respectively, can be considered in the statistical
evaluation which is carried out for selecting a coding

model for the second frame of the current superframe.

The counting of frames can be summarized for instance by

the following pseudo-code:

if ((prevMode (i) == TCX80 or prevMode (i) == TCX40) and
vadFlageig(i)== 1 and TotE; > 60)

TCXCount = TCXCount + 1
if (prevMode (i) == ACELP_MODE)

ACELPCount = ACELPCount + 1
if (5 1= 1)

if (Mode (i) == ACELP_MODE)

ACELPCount = ACELPCount + i
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vadFl ag oid(i)== 1 and TotE > 60) TCXCount = TCXCount

+ 1 if {prevMode (i) == ACELP_MODE) ACELPCount =
wo\gEsEROsemt + 1 if (j 1=1 ) if {Mde(i) == ACGHUPIBABBHN0924

ACELPCount = ACELPCount + 1In this pseudo-code, i

i ndi cates the nunber of a frane in a respective

superfrane, and has the values 1, 2, 3, 4, while j

i ndi cates the nunber of the current franme in the

Tourtteint mspeidramde, pt einvbided{igs i she heunbde of &héramk in

frane of .20nms _in the previo superfr nd. Mode

? s iRt T e £ g e DA LA RBP4,
viiper fr ain‘&i(lji_d’a@% Ot]ﬁ@pf@ﬁ]@ént sofi tsled ecteded€XEmadel in the
using a codin rame of 80 .and TCX40 represents a

A P RS e BT RERIC b e | TaRer e 46 pEhe Sen
Madfd aF Gidlid )ik ePRESERESidhe YObEEfAShbVERY MBHEGAY Okis

VAD for the ith frame in the previous superfrane.
tha mods ehechot brh efedsy ¢h § hems t hf FRrecurREnt

SN ¥d] U EXCoUPE« EERF £S8NE 81 EBEAUMBRI mBBel using a
sel ected long TCX franmes in the previous superfrane

catinch xumtef H@ime ATk Pttt TeREPESBRESAt RELRGRBE TCX
RadiChd{d Alresod g Ner REEVLEUS0 ARG { DEaFIBESRL )

superfrane . e statistical evaluation Is performed
mepfeddovs: thé vheceoant dlhvinbedioftposnYAPCRowpEEe ith

Sy, W ing fr th 40; ,
A VAP cE0rins opEcL g MOLe i, P 0
erotedy | 5n etjual 1yh sétane edTher cotet ENCERTAENTRBGount

%%é%%%gq Qeéﬁésgumﬁgrtgg ggf@&ggdnngSrT8& éggEgsnggethe
previous superframe, and the counter value ACELPCount
represents the number of ACELP frames in the previous and

the current superframe.
The statistical evaluation is performed as follows:

If the counted number of long TCX mode frames, with a
coding frame length of 40 ms or 80 ms, in the previous
superframe is larger than 3, a TCX model is equally
selected for the UNCERTAIN mode frame.

Otherwise, if the counted number of ACELP mode frames in
the current and the previous superframe is larger than 1,

an ACELP model is selected for the UNCERTAIN mode frame.

In all other cases, a TCX model is selected for the

UNCERTAIN mode frame.

It becomes apparent that with this approach, the ACELP

model is favored compared to the TCX model.
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the current and the previous superfranme is larger than
1, an ACELP nodel is selected for the UNCERTAI N node

wo e@se115b al | ot her cases, a TCX nodel is selBCT/EBR065000924
t he UNCERTAIN node frane. It becones apparent that
with this approach, the ACELP nodel is favored
conpared to the TCX nodel . The sel ection of the coding
nodel for the jth frame Modde(j) can be sumari zed for
Tihes terlcesthyont et fidld owdignp el coele the fjtTCkcenat >

de . (j ). = : € J .
Rl b TR T ibadt] e TS M Falthuine
peaarjud-ecafe Fi gure 3 , an ACELP codi ng nodel is
sel ected for the UNCERTAIN node franme in the current

superframe n . It is to be noted that another and nore
ﬂﬂﬂmmaxuﬁuﬁtsianistical eval uati on coul d be used as

wel | r. det t he codi ng nodel for UNCERTAIN
P@ﬁ%% jFaﬂtﬁﬁgnMgﬁﬁﬁls al so possible to exploit more
éﬂ%ﬁ1iﬂW)Aﬂgmﬂdd@ﬂfﬁ%fpr col l ecting the statistical
i nformati on on nei oring frames, which is used for
dé?%*gﬁwlng %xﬁh nodel for UNCERTAIN frames. In
AMRE: WB+, however, advantageously a relatively sinple
statlstlcalg&;based algorithmis enployed in order to
adkds X|ty solution. A fast adaptation

for audio S|gnals wi th speech between nusic content

and speech over nusjc , ,
In the example of Figure 3, an ACELP coding model is

selected for the UNCERTAIN mode frame in the current

gsuperframe n.

It is to be noted that another and more complicated
statistical evaluation could be used as well for
determining the coding model for UNCERTAIN frames.
Further, it is also possible to exploit more than two
superframes for collecting the statistical information on
neighboring frames, which is used for determining the
coding model for UNCERTAIN frames. In AMR-WB+, however,
advantageously a relatively simple statistically based
algorithm is employed in order to achieve a low
complexity solution. A fast adaptation for audio signals
with speech between music content and speech over music
content can also be achieved when exploiting only the
respective current and previous superframe in the

statistically based mode selection.
The second evaluation portion 13 now provides information

on the coding model selected for a respective UNCERTAIN

mode frame to the encoding portion 14.

17



10

15

20

25

30

content can al so be achieved when exploiting only the

respective current and previous superframe in the
waerasiistsszal |y based node sel ection. The seconBCT/IB2005/000924

eval uation portion 13 now provides infornmation on the

codi ng nodel selected for a respective UNCERTAI N node

frame to the encoding portion 14 . The encodi ng portion

14 encodes all franes of a respective superfrane with
Thbeeh€spenyi vekyisal eat edcoddenglindebmesndifcat ed

either by the first eval uat] [
r%%@%ﬂﬁlgéaFHBFFSHaBSrWF%ﬁ %é%hr%%ég%%ivééygggggeﬁdeay
c&éiﬁgaﬁﬁaglgni?ﬁﬁaﬁEEEOQ&taértbynsherﬁﬁ¢EETpvahmauﬂmn
is applie 0 e Xcitati t .Of
perFier £4roz FE@p@@FPFg & gggﬁgyg%%%ﬁ%%bgﬁﬁgHE§%§CX
ibe%éédof)%e%a?pb% afakpReans i xedtcedehdele pamaneioems

for the LPC excitation output by the LP filter f
(FEEpechhieht AanBPPHHE eROofiig b1 £6T LEF {ibPUtPut of

cpLovibdesithe epcoded fia®s kOt riaf@Ns Mikes INUEI0 ddtEing
n

second device 2 . In the second device 2 ,.the _decoder

ugesderodey affl sreEwlfed™ LdFesnA (T3 SRIAH®Todi ng
o) debearoWeth the TE% nodelathiesPesidpd! by Hite decaiater

ranes are provided for exanple for presentation to a
fosern okspleetsecofdaderice 2 . Wiile there have been

shown and descri bed and poi nted out fundanental novel

features of the invention as applied to a preferred
Terbedicoering persdfon 14 whdn we Oridas oW HRdsariRRes
om ssions .a ubst i | QNS ; It f

LRRd C480% lssrl"gToq} E:Seo (ﬁeﬂ\% ces ﬁrﬂ]d%rret a%%?'deis%r%}g%dﬁn%nd
deeimede by Hehakrsiat |20 devades @1l Wietpiitedcpatengiith

LOMARS SRIdity Yoddie dOVRN ke FREx SXRERLE. T TS
respectively. The decoded frames are provided for example

for presentation to a user of the second device 2.

While there have been shown and described and pointed out
fundamental novel features of the invention as applied to
a preferred embodiment thereof, it will be understood
that various omissions and substitutions and changes in
‘the form and details of the devices and methods described
may be made by those skilled in the art without departing
from the spirit of the invention. For example, 1t is
expressly intended that all combinations of those
elements and/or method steps which perform substantially
the same function in substantially the same way to
achieve the same results are within the scope of the
invention. Moreover, it should be recognized thaf
structures and/or elements and/or method steps shown
and/or described in connection with any disclosed form or'
embodiment of the invention may be incorporated in any

other disclosed or described or suggested form or
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expressly intended that all conbinations of those
el ements and/ or nethod steps which perform
waustassT al |y the sane function in substanti abdHIB20&5/000924
same way to achieve the sane results are within the
scope of the invention. Mreover, it should be
recogni zed that structures and/or el enents and/ or
nmet hod steps shown and/ or described in connection with
el ddimeaitosed of eemenralemendiarentft cfestitgn ighweinte onl rai/s

be i,ncorpaqrated.in ot her .di scl ased, o scri bed.
B SRR eSO 46 A e h S ey B Sheed
e EHEN sRPeCBE Ithd Tliditnd nipgdridey Hehermfore, to be
lPTmted only as indicated by the scope of the clains
appended hereto.Wiat is clainmed is : 1 . A nethod of
sel ecting a respective codi ng nodel for encoding
consecutive sections of an audio signal, wherein at

| east one coding nodel optimzed for a first type of
audi o content and at |east one codi ng nodel optim zed
for a second type of audio content are available for
sel ection, said nmethod conprising: selecting for each
section of said audio signal a coding nodel based on
at | east one signal characteristic indicating the type
of audio content in the respective section, if viable;
and selecting for each renmai ning section of said audio
signal, for which a selection based on said at |east
one signal characteristic is not viable, a coding
nodel based on a statistical evaluation of the coding
nodel s whi ch have been sel ected based on said at | east
one signal characteristic for neighboring sections of
t he respective remai ni ng section.
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2 . The method according to claim1l , wherein said
first type of audio content is speech and wherein said

waewsndistype of audi o content is other audi o cPEL/E05/000924

than speech. 3 . The nethod according to claim1l
wherei n said codi ng nodel s conprise an al gebraic
code-excited |inear prediction coding nodel and a
transform coding nodel. 4 . The nethod according to
claim1 ,fmherein said statistical evaluation takes
account of .codjng nodels selected for sections
Wﬁﬁgcéﬁiﬁ&a&nfggﬁ%%tive remai ni ng section and, if
avai |l abl e, of codi ng nodel ssel ected for sections
foll owi ng said remai ni,ng section. The, nmet hod

5 .
laccr ARG oro A HSHEETInRh & diSPREGH G &St diodel for

evalyidahd $chdMRAURId JdBisicild Y cal Avalsatigmal,
with respeCt to said coding nodels, 6 . The ne hgd
accyheineg It @tc|lgaRtL onsraeing é’%ﬁdcﬁlst%‘fﬂ"rléfe*r%%qﬁ or a

evalgyatjon A SRNCPWH T Un®aph Dfasaicheogbaing
nodel s t he "nunber of sai d nei ghboring sections for

whi otedee anssipeaad € agodt IRPFRTHEI LIRS Dot P ee?RENY
The Jrel1ad AACOIANG 41l Al Gai MM Ghda St 1854 -

type o udio content is speechfand wher ei n saj
second tsgedfimmdiar cmnlerredtsiaudb ol aiitdep hefonal a

t han, spee d]ﬁﬂﬁ! int under i orin
septr%o%iglgfcgr}o i C saféﬂ‘cl:o I ng node?ﬁ%p%]%mﬂ%gd fo?
sai dHdnrsttanyipe-iof i cnttiony erte hespdeeh defbet eantent

1oL S QIS0 gl st oy gl e
selecting for each remaining section of said audio
signal, for which a selection based on said at least
one signél characteristic is not wviable, a codipg
model based on a statistical evaluation of the coding
models which have been selected based on said at
least one signal characteristic for neighboring

sections of the respective remaining section.

2. The method according to claim 1, wherein said first
type of audio content is speech and wherein said
second type of audio content is other audio content

than speech.

3. The method according to claim 1, wherein said coding
models comprise an algebraic code-excited linear

prediction coding model and a transform coding model.

4. The method according to claim 1, wherein said
statistical evaluation takes account of coding models
selected for sections preceding a respective

remaining section and, if available, of coding models
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optim zed for said second type of audio content has
been selected. 8 . The nethod according to claim1l

wobk@sairserach of said sections of said audi o sSPQIE2005/000924

corresponds to a frane. 9 . A nethod of selecting a
respective codi ng nodel for encoding consecutive
frames of an audi o signal, said nethod conpri sing:
selecting for each frame of said audio signal, for
whi cdebkeginadl £bar aeteiossi £sliodingt sailatreaadanngnt
of said frame is speech, an al gebraic code-excited
| i nedT“pt¥di ction codi ng nodel ; sel ecting for each
frame of said audio signal, for which signa
characteristics indicate fhat a.cogten% of ,sai d.f.rane
r aVPE

a
¥s atrf IR n?CS?HéanhEﬂ SpREBhl aVPPERIPoPACodi ng
nodedt s gk sehecéi-atubeiogach sefahnungrbrametat isaiidal
audi o signal a codi ng nodel based_gn a statistiia
eval T SRC BPTt Kt RodPABSABbIEPs SRAPCROAARE Begs!s-
sel ected based on said signal characteristics for
nei ghboring frames of a respective rennining frane.
d0. PheopeFeoforcEREddnagteoRsBlt lve WEBEELENS3EL an

audi O s¢ gat Wi t Byva1:88P8At L¥Rpeodiag cBudel ngMreieiddich of
at | east one codln% nodel optimzed for a first type
&

of aweit® codiedtmafglat theasumbas €6dPAgInBgdohboring
Opt'géﬁfgoﬁgrf r§§§98H t¥eerQbpardigeCeBleRly #cllel has

avai sal ule conprising: a first éval uation
por theenadapeetetio sel ect for a respective section of
sai d audi o signal a codi ng nodel based on at |east one

signal characteristic
7. The method according to claim 6, wherein said first

type of audio content is speech and wherein said
second type of audio content is audio content other
than speech, and wherein the number of neighboring
sections for which said coding model optimized for
said first type of audio content has been selected is
weighted higher in said statistical evaluation than
the number of sections for which said coding model
optimized for said second type of audio content has

been selected.

8. The method according to claim 1, wherein each of said

sections of said audio signal corresponds to a frame.

9. A method of selecting a respective coding model for
encoding consecutive frames of an audio signal, said
method comprising:

selecting for each frame of said audio signal, for
which signal characteristics indicate that a content
of said frame is speech, an algebraic code-excited

linear prediction coding model;
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i ndicating the type of audio content in said section,
if viable; a second eval uation portion adapted to

war@siistsstal | y eval uate the sel ecti on of codi nBCTIBME0Z000924

by said first evaluation portion for neighboring

sections of each remai ning section of an audi o signa

for which said first evaluation portion has not

sel ected a coding nodel, and to select a codi nhg node

for eacrsafecaingrfomi encly Seatheonf basddaandibheignal, for

por [TGH Y o7 SRehaT N B3R LRt TN BA SarT Garo%s GREF™
W t hof hea D df ngmantiel as@l ectéedt ént bbhRerespaat kveech, a
section. 11. The dul e ggﬁordi g to claim 10, wherein

sai FFFHELOTY pROHH AUEP LS tontRAt is speech and wherein

sai d secosltedtyeg of oAUk €h COMhehihg audine 68NE8AH audio
other, th speech. 12. The nndgle according to claim
10, W%Fna SR U BB ITPE hodRPed cBTipRi §E2RASELGEbr ai ¢

code=wxtid€foh | HLAENO €64 Lh ONo88UE NGhiBHEhadBdbaen
transform codi ng nodel. 13. The nodul e according to

cl ai IR UTC LS PP A SAR 053k oRBIBTAI GREFBATEERBESRSI §or

adapietyhot BEEANB oF Ny Sphdpstati st Leahigyakuatbep .
of coding nodels selected by said first eval uation
portion for sections preceding a respective renmaining

BECU Hb@ite o AWALLADLE. cOhs£0HL PgcRAELS oRE! B¢t 8

by said first evaluation portion for sections -

fol |y stere} evibbhi agreerefbhve140dThg modglle wherein

accarding, &0 &ﬁ@i8&&9ng“@8&§i”oﬁ@hﬂiégﬁoﬁgr a first type
of audio content and at least one coding model
optimized for a second type of audio content are
available, said module comprising:

a first evaluation portion adapted to select for a
respective section of said audio signal a coding
model based on at least one signal characteristic
indicating the type of audio content in said section,
if viable;

a second evaluation portion adapted to
statistically evaluate the selection of coding models
by said first evaluation portion for neighboring
sections of each remaining section of an audio signal
for which said first evaluation portion has not
selected a coding model, and to select a coding model
for each of said remaining sections based on the
respective statistical evaluation; and

an encoding portion for encoding each section of
said audio signal with the coding model selected for

the respective section.
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eval uation portion is adapted to performa non uniform

statistical evaluation with respect to said coding
worp@ehs1s6715. The nodul e according to cl ai m 10, PEUTEB20031000924

sai d second evaluation portion is adapted for said

statistical evaluation to count for each of said

codi ng nodel s the nunber of said nei ghboring sections

for which the respective codi ng nodel has been

Js:lel éli‘teemct@ﬂaalaj:cfcmﬁngevm ustaiom poy twioerelf. sdhé first

t aim.J15, wher.ein ald first type
L}'g)l 0 con % |Cgorgtpee%tch AP TRET 6t s%]il%r%:'e% o%%}’Q
t ypfsanfomild:l}{pecmfﬂ enidic @vthenic ot enid Db hesnt&dh other
spe and erein said second eval uati onportion is
adagﬁgﬁlté) 'ht the number of neighboring sections,
for whi ch said codi ng nodel optim zed for said first

pe_ of i.0 content, has been sel ecte said first

al “B?ﬁfl ta}Co?PrC#ﬁ%e*ro P - ¢ a‘t%%%‘?%%l said coding
evalisatd 16N dd}@ﬂ:ité@ dIefe9f o 5@ ChdDRSex & DF e Nl Che gAI d
codi ng nodel optim zed for. said second type of _audio

contERAES W P LI ARPhARAI @ $53RTL VA ¢adies model.
portion. 17. The nodul e according to claim 10, wherein
each of sajd sections, of said audi o signal corresponds
1o Ihe BRIV 2o Hfll & aekdvdi By tehereim 9@id second

Whergjan wa ibehihe; dis 89 KNGOS - £d %2100 £EESEAONE said
devi ce conprising an encoder for_ encodi ng consecutive

sectStetsi BTl iRt gl ofi e9ding aspet ¢ veetedied by
”Dd@aldeyfgﬂ]éﬁal&gﬁgoﬂ”ﬁbrtlon for sections preceding

a respective remaining section and, if available, of
coding models selected by said first evaluation
portion for sections following said remaining

section.

14. The module according to claim 10, wherein said second
evaluation portion is adapted to perform a non-
uniform statistical evaluation with respect to said

coding models.

15. The module according to claim 10, wherein said second
evaluation portion is adapted for said statistical
evaluation to count for each of said coding models
the number of said neighboring sections for which the
respective coding model has been selected by said

first evaluation portion.

16. The module according to claim 15, wherein said first
type of audio content is speech and wherein said
second type of audio content is audio content other

than speech, and wherein said second evaluation
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1%ectPontogtlen2g6argi8Pghal ©

codi ng nodel optimzed for a first type of audio
content and at | east one codi ng nodel optimzed for a

waewsndissype of audi o content are avail abl e, sBECTIB2005/000924

encoder including : a first evaluation portion adapted
to select for a respective section of said audio
signal a coding nodel based on at |east one signha
characteristic indicating the type of audio content in
sumEpE%%Qmth adaptedl eo wesgkbnehevarulaeroffporti on
yég&ﬁgrfﬁ@t éé&tfé‘ﬁ%)’ gyal Y@t ent bgi gebegt hgnmehel
node by said first evaluation portion for
neugﬁbunlmgdsé@tl@ﬁsdofléabhtYEﬁHPﬁlﬂgdé@cﬁpéﬁe@F Bas
ooz goalLon Wb & l&%ﬁrétré&afggwey BrROBHI, 0N
has n se ected &’ co nodel to sefect a
codhnghandémfaaiéashabiSSacdlrewaihahgogecbaun§h§a§@@ber
on the re ectlv t [ e Jati gne. _an
encOtl FECpOrer on:Por PahEbaf At Ao 2y AR 0oty zed
audf@rss@hdlsmcbhdthgpeodfngudmdebOBEEBCtédebeemhe
res tive.secti :
co ? %?B@daﬁyeﬁéﬁae F8¢n3H% Hﬁﬁgggoﬁgggéélve
sections of an audio signal wth a respective coding
nodel and_a.decoder .for ecogﬁ ﬂ g8nse utlve enc%p
¢ ¢odirng Smbd&rc
enptoyedsEetiensodngat bean@spest bneals ectirerponker ¢ion a
at | east one coding nodel optimzed for a first type
of BE¥P8-content and at |east one coding nodel
optim zed for a second type of audio content are
avai | abl e at said encoder and at said

18. The module according to claim 10, wherein said module

is an encoder.

19. An electronic device comprising an encoder for

encoding consecutive sections of an audio signal with
a respective coding model, wherein at least one
coding model optimized for a first type of audio
content and at léast one coding model optimized for a
second type of audio content are available, gaid
encoder including:

a first evaluation portion adapted to select for a
respective section of said audio signal a coding
model based on at least one signal characteristic
indicating the type of audio content in said section,
if viable;

a second evaluation portion adapted to
statistically evaluate the selection of coding models
by said first evaluation portion for neighboring
sections of each remaining section of an audio signal
for which said first evaluation portion has not

selected a coding model, and to select a coding model
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decoder, said encoder including: a first evaluation
portion adapted to select for a respective section of

wa@aiod/1asei o si gnal a codi ng nodel based on at PEHBR20GH®0924

signal characteristic indicating the type of audio

content in said section, if viable; a second

eval uation portion adapted to statistically eval uate

the selection of coding nodels by said first

evafemt ¢aeh pof t sohdf semasR§RBoF PRE198Et PRSP &ElF

r e@é@%@&?ﬁét gegt%téea@ugvgléaa%h fangwhi ch sai d

first uation portion has not sel ected a coding

m)del ~amdenoodéhgcpont todi igrnpaePdisg each eecsaicy of
[ "9, 528! 59§§a96§:§gh09hghsoagﬁge%a\é@ $La L For

eva i ON; n-enco ortron~for encodi ng each

secth®nreépeatdvaudeotsognal with the codi ng node

sel ected for the respective section.21. A software

program product in which a software code for selecting

2@. respectii vecoddnggsyoten ﬁompeﬁsédgnQBC@msetkﬂi¢@r

sections.of an _audio.signal _i.s_star.ed r.ei
Iea%?CBaéngoaPﬂﬁeﬁﬁgéveoEFFEF? &r o8 u%%t % §5a% with
audéOré@péeﬂﬁvandodhngemsﬁemnandodld@c@d@ﬁ ﬂqnldﬁcnding

for a second type of di t bl
ol BORPBHUCCHPUCESPERAr £ C548 FoRT PG YRS FOITEN 5"

st epsc¥hengr WBAEN] enblayREOESSS ehgosdmpondnt refsgarrt i :Lve
encoder: selecting for gach section .of sai udlqcllmlzed

S|gﬁ§FtéOEodWH§rﬁ&&eFtb ga§tofiRgt SPEHLE &R
chagget gr est-ke kReCatfi BAdtbe coypens aaifiar C]LHHsﬁ:ntone

coding model optimized for a second type of audio
content are available at said encoder and at said
decoder, said encoder including:

a first evaluation portion adapted to select for a
respective section of said audio signal a coding
model based on at least one signal characteristic
indicating the type of audio content in said section,
if viable;

a second evaluation portion adapted to
statistically evaluate the selection of coding models
by said first evaluation portion for neighboring
sections of each remaining section of an audio signal
for which said first evaluation portion has not
selected a coding model, and to select a coding model
for each of said remaining sections based on the
respective statistical evaluation; and

an encoding portion for encoding each section of
gaid audio signal with the coding model selected for

the respective section.
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in the respective section, if viable; and sel ecting

for each renmai ning section of said audio signal, for
wobkishigesel ecti on based on said at | east one BCTIE2005/000924

characteristic is not viable, a coding nodel based on

a statistical evaluation of the codi ng nodel s which

have been sel ected based on said at | east one signa

characteristic for neighboring, sections of the
2}eé%é%?f?@a¥%nﬁFﬂgﬁ@mSEE?ﬁBﬁF in which a software code

for selecting a respective coding model for encoding
consecutive gections of an audio signal is stored,
wherein at least one coding model optimized for a
first type of audio content and at least one coding
model optimized for a second type of audio content
are available for selection, said software code
realizing the following steps when running in a
processing component of an encoder:

selecting for each section of said audio signal a
coding model based on at least one signal
characteristic indicating the type of audio content
in the respective gection, if wviable; and

selecting for each remaining section of said audio
signal, for which a selection based on said at least
one signal characteristic is not wviable, a coding
model based on a statistical evaluation of the coding
models which have been selected based on said at
least one signal characteristic for neighboring

sections of the respective remaining section.
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