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20  Further embodiments according to the invention are related to a method for providing an
encoded representation of an audio content on the basis of an input representation of the
audio content.

Further embodiments according to the invention are related to computer programs
25  implementing said methods.

Background of the Invention

In the following, some background of the invention will be explained in order to facilitate
30 the understanding of the invention and the advantages thereof.

During the past decade, big effort has been put on creating the possibility to digitally store
and distribute audio contents. One important achievement on this way is the definition of
the international standard ISO/IEC 14496-3. Part 3 of this standard is related to an

35 encoding and decoding of audio contents, and sub-part 4 of part 3 is related to general
audio coding. ISO/IEC 14496 part 3, sub-part 4 defines a concept for encoding and
decoding of general audio content. In addition, further improvements have been proposed
in order to improve the quality and/or reduce the required bit rate.
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In a preferred embodiment, the frequency-domain-to-time-domain converter is configured
to obtain a time-domain representation of the audio content for a portion of the audio
35  content encoded in the linear-prediction mode using a lapped transform and to obtain a
time-domain representation of the audio content for a portion of the audio content encoded
in the frequency-domain mode using a lapped transform. In this case, the overlapper is
preferably configured to overlap time domain representations of subsequent portions of the
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mode/ al gep(ftﬁf)refs'egOge§p%%eﬂfohiﬂ%?a56rﬁfg‘ﬁfgdc% OnTBAE 4 'RIBf decoded spectral
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order to obtain a gain-value processed (and, consequently, spectrally-shaped) version of

the (decoded) spectral coefficients in which contributions of the decoded spectral
coefficients, or of the pre-processed version thereof, are weighted in dependence on the

30  gain values. Also, the spectrum modifier is configured to combine a set of decoded spectral
coefficients associated to a portion of the audio content encoded in the frequency-domain
mode, or a pre-processed version thereof, with the decoded scale factor values, in order to
obtain a scale-factor-processed (spectrally shaped) version of the (decoded) spectral
coefficients in which contributions of the decoded spectral coefficients, or of the pre-

35  processed version thereof, are weighted in dependence on the scale factor values.

By using this approach, a own noise-shaping can be obtained in both modes of the multi-
mode audio signal decoder while still ensuring that the frequency-domain-to-time-domain
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information. 35 In a preferre | ment, the audio signal encoder
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VO 2011/ 0R9%83 E%W%%ﬁ@ﬁa?'pi iction mode/algebraic-code-excited-linear-prediction

mode frame. In this way, the need to transmit an additional set of linear-prediction-domain

parameters, which exists in some conventional approaches, is eliminated. Rather, the
30 linear-prediction mode start frame allows to create a good transition from a previous
frequency-domain mode frame, even for a comparatively long overlap period, and to
initialize a algebraic-code-excited-linear-prediction (ACELP) mode decoder. Thus,
transitions with good audio quality can be obtained with very high degree of efficiency.

35  Another embodiment according to the invention creates a multi-mode audio signal encoder
for providing an encoded representation of an audio content on the basis of an input
representation of the audio content. The audio encoder comprises a time-domain-to-time-
frequency-domain converter configured to process the input representation of the audio
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Yet anot her enbodi ment according to the invention creates a nethod for

providin d representation of an audi o content is of an
I nput regygsen ?‘ﬁ%n of the audio content. 35 WO PgQ/EtPQ(%OBg‘El?

2011/ 042464PCT/ EP2010/ 064917 12 The nethods and the conputer program are
based on the sane findi ngs as the above di scussed apparatus. Brief
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Tode. gai rEAPTh GO} Bheoned e JsgaiRatliBh TR P U AP GO S G ons a
schemat i ctor bpresedddatin ahe oifreqheﬁd:)edmnmnf nodes Byngedssnag athe dtime-domain-to-
10  frequency-domain conversion (in the sense of a transform operation, like, for example, an
MDCT transform operation or a filter bank-based frequency separation operation) on the
basis of the same input signal both for the frequency-domain mode and the linear-
prediction mode, a decoder-sided overlap-and-add operation can be performed with
particularly good efficiency, which facilitates the signal reconstruction at the decoder side
15  and avoids the need to transmit additional data whenever there is a transition between the
different modes.

In a preferred embodiment, the time-domain-to-frequency-domain converter is configured
to apply an analysis lapped transforms of the same transform type for obtaining frequency-

20  domain representations for portions of the audio content to be encoded in different modes.
Again, using lapped transforms of the same transform type allows for a simple
reconstruction of the audio content while avoiding blocking artifacts. In particular, it is
possible to use a critical sampling without a significant overhead.

25 In a preferred embodiment, the spectrum processor is configured to selectively apply the
spectral shaping to the set of spectral coefficients, or a pre-processed version thereof, in
dependence on a set of linear prediction domain parameters obtained using a correlation-
based analysis of a portion of the audio content to be encoded in the linear prediction
mode, or in dependence on a set of scale factor parameters obtained using a psychoacoustic

30 model analysis of a portion of the audio content to be encoded in the frequency domain
mode. By doing so, an appropriate noise shaping can be achieved both for speech-like
portions of the audio content, in which the correlation-based analysis provides meaningful
noise shaping information, and for general audio portions of the audio content, for which
the psychoacoustic model analysis provides meaningful noise shaping information.

35
In a preferred embodiment, the audio signal encoder comprises a mode selector configured
to analyze the audio content in order to decide whether to encode a portion of the audio
content in the linear-prediction mode or in the frequency-domain mode. Accordingly, the
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sendi ng ﬁ%ﬁ%“%‘% "LPC' as overhead; 30 Fig. 8shows apég@q,?@h)'og“r%%

representation o ranes and associ ated paranmeters for a'’s
frequency donmain to linear-predicti on-q%rrai n coder using "LPC2MDCT" for
transitions; WD 2011/042464PCT/ EP2010/ 064917 13 Fig. 10shows a unified

view of a unifjed speech-and-audi o-codi ng (USAC) with TCX erfornmed in
the si gnaﬁppa%&ferﬂm% %‘?PT%HB%“ AT S%rbws% cpying iﬂaegfe/aﬁpgvmaﬁﬁaf@m-@-

si gnal deftapency-daaaindong:riion dasffeenddddisomaicaes. t he i nvention; Fig. 12shows
a unified view of a USAC decoder with TCX-MDCT in the signal domain; 10
Fig. 13shows a schematic representation of processing steps, which may be
per f or medni aprefiered rinbodiingnta thedmultidmpde aediosiginagerntcodéi igsonfigend td 2ncddeg.
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transfor Start qug(y\ésw having a comparatively long left-sided transition slope and a comparatively
short right-sided transition slope to the time-domain representation of the linear-prediction
10  mode start frame, to obtain a windowed time-domain representation. The multi-mode
audio signal encoder is also configured to obtain a frequency-domain representation of the
windowed time-domain representation of the linear-prediction mode start frame. The
multi-mode audio signal encoder is also configured to obtain a set of linear-prediction
domain parameters for the linear-prediction mode start frame and to apply a spectral
15 shaping to the frequency-domain representation of the windowed time-domain
representation of the linear-prediction mode start frame, or to a pre-processed version
thereof, in dependence‘on the set of linear-prediction-domain parameters. The audio signal
encoder is also configured to encode the set of linear-prediction-domain parameters and the
spectrally-shaped frequency-domain representation of the windowed time-domain
20  representation of the linear-prediction mode start frame. In this manner, encoded
information of a transition audio frame is obtained, which encoded information of the
transition audio frame can be used for a reconstruction of the audio content, wherein the
encoded information about the transition audio frame allows for a smooth left-sided
transition and at the same time allows for an initialization of an ACELP mode decoder for
25  decoding a subsequent audio frame. An overhead caused by the transition between
different modes of the multi-mode audio signal encoder is minimized.

In a preferred embodiment, the multi-mode audio signal encoder is configured to use the
linear-prediction-domain parameters associated with the linear-prediction mode start frame

30  in order to initialize an algebraic-code-excited-linear prediction mode encoder for encoding
at least a portion of the combined linear-prediction mode/algebraic-code-excited-linear-
prediction mode frame following the linear-prediction mode start frame. Accordingly, the
linear-prediction-domain parameters, which are obtained for the linear-prediction mode
start frame, and which are also encoded in a bit stream representing the audio content, are

35  re-used for the encoding of a subsequent audio frame, in which the ACELP-mode is used.
This increases the efficiency of the encoding and also allows for an efficient decoding
without additional ACELP initialization side information.
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fir St20 in the frequency domain mode, or a processed version thereof, with the scale factors, to
obtain gain-processed spectral components, wherein contributions of the spectral
components (or spectral coefficients) of the frequency-domain representation of the audio

content are weighted in dependence on the scale factors.

25  In this embodiment, the gain-processed spectral components form spectrally shaped sets of

spectral coefficients (or spectral components).

Another embodiment according to the invention creates a method for providing a decoded
representation of an audio content on the basis of an encoded representation of the audio

30 content.

Yet another embodiment according to the invention creates a method for providing an
encoded representation of an audio content on the basis of an input representation of the
audio content.

35
Yet another embodiment according to the invention creates a computer program for
performing one or more of said methods.



20 audio franme, and a wi ndowi ng can al so be applied to derive the second
set of s t.ral fficients fromthe second audio fra

ti ma-dom%ﬁ-nglf%?‘{e%guency-donai n converter may be confi gE’ %@}?@"6’%@ brm

| apped transforns of w ndowed portions of or exanple, overlapping franes) of
the i nput audio information. 25The audi 0 encoder 100 al so conprises a
spectrum_gl{ocessor 130, which is configured to rqejcei ve the frequency-donmain
r epr esent 51§ Bisthpds agd the compyies Rrogfa@ngreRased optthe sameyfindingsyag thegphaye
post - pr ocdisaestdvppsiatl. 122 thereof), and to provide, on the basis thereof,
a sequence of spectrally-shaped sets 132 of spectral coefficients. The
spectrum processor 130 may be configured to apply a spectral shaping to a
set 122 dBriepBetcriptionafithe Figamess, or a 30 pre-processed version 122'
thereaf, in dependence on a set of linear-prediction-donmain paraneters 134
for a portion (for exanple, a franme) of the audio content to be encoded in
the | i nedfmpedifneatsi o rthenprrsenttipvesionwillsubsrauenty bs desepechtaking refeyense to
spectral @eehdlbsdants, in Wictspect rum processor 130 nmay al so be configured to
apply a spectral shaping to a set 122 of spectral coefficients, or to a
pre-processed version 122' thereof, in dependence on a 35 set of scale
factor pafigneters Ishowkarblackysshematic dfagranewéaplaedioasignabemdodef, atéedimgdbo
content to be encoded i,n a fr{te enc -n%%;lmi n node, to obtain a

spectral |l y- shaped saéltenlbffh%? tral coefficients for said portion of the
audi o content to be encoded in the frequency domai n node. The spectrum
processoryg; may, pelyanl y : .
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provi de the set of linear-prediction-domain paranmeters 134 and the set of

scal e facgigr3 par amaghgivs alsibek Eemanadiigtam bhan padianiidl epdodet, detordidg tomy
provi&e the set of Iinelsgd;lﬁr di @'ﬁi.on- omai n paraneters 134 using a

| i near> pr edi cti on- dOY&T ﬁrfet)f’f ° Yo provide the set of scale factor
paranmeters 136 5 using a psycho-acoustic nodel processor. However, other
possi biligies to prgvide I r- o | e r the
set of sc%llgégf act or&ég’gaan%? @%Jéll ag@g Onfgjg}l? ?FPS‘% %gffgcg% gge%gégﬁgu%’?o}gﬁ%%der

100 al so conpri ses Windo®ht i zi ng encoder 140, which is configured to 10
receive a spectrally-shaped set 132 of spectral coefficients (as provided

by the spectrum processor 130) for each porti On'%f{.l r exanple, for .each
frame3l of I'Q‘tghé audi OS%GB’Htaé%‘?fn.pu rﬂ’é‘?%’i%‘f‘i"%?@??{ahﬁ‘é“ gﬂl“F‘EY‘H lighrggedicnofy may
recei ve a post - pr ochsndm grianaiues ol 2 basfs of dequeled LRIA fites kapffidieast 132 of
spectral coefficients. The quantizing encoder 140 is configured to provide

an encoded version 142 of a spectrally-shaped set of spectral 15
coef fi ci ehigs6132 ( oshowspt campitkly progfana cpde f@pr ansssieg a/sat Sifalecodedr petiyal The

guanti zi ng encoder a zonf | ed:to Vi :
encoded version 142308é _lga%s{%e%??aﬁéy%%erg@igg@pf?g&%f&sl%e‘é@?éa%l (glgel |arci ents
for aYortion of theredigHpwydeanasin YudsE encoded in the |inear-prediction
node, and to al so provide an encoded version 142 of a spectrally-shaped set
132 of spectral coefficientg for. a portion of the. audiQ content to be .20
encoded i hi& Re fr eqtioMBy 2dSEMAtifrotfTeseatiRh &f a&%‘gﬁ g?f@e%aﬂ"?a gisafetedi ng
encoder 140 may be in$@thation feng edittigedsirae doalalny/frahepeddantia (@D/BPEcodal
coefficients irrespect{nveal o[cﬂn t‘ﬂﬁé”asg\%rrﬁei n of the audio content is to
be encoded in the I?eﬁlgalg- pstpe(?’s i node orthe frequency-donmai n node. 25
In additi on, the audio encoder 100 may optionally conprise a bitstream

payl oad f tter 1 i I L OLIE i G { r 2 on
t he basi spnggt he en%%&”es\éﬁvcg?[g?%cnge%ggj%&% &?%%ﬁlggéesgﬁdg%%éﬂ%ﬁgggé%hggﬁg (%f];l
spectral coeffi ci enswitchfigay drequensy Bemainy kahnpyIretietiqnoderadin e¢odes (isingy
natural l'y include addp¢randT apepsiastidnf ormation in the bitstream 112, as
wel | as configuration information control information, etc. For exanple, an
opti onal 30 encoder 160 may receive the encoded set 134 of

| i neaBs pr gtH. ot i on- dghpRisna BebieaiaEt e€Fenthlion of g asdio sigl ehcgRalkembasihgr

par aneters and prongﬁ an ncoqgﬁ'yershﬁgxthgr of to HQF bitz{neanlpayload
formatter 150. Acco ﬁﬁ??fmﬁﬁi RIgAF Ve and 4 THsAueTey domamm, soters

| i near predi ction-domain paraneters nmay be included into the bitstream 112
for a portion of the audio content to be encoded in the |linear-prediction
node and an encoded version of the 35 set 136 of scale factor paraneters
may be included into the bitstream 112 for a portion of the audi o content
to be encoded in the frequency-domain. WO 2011/ 042464PCT/ EP2010/ 064917 16
The audi o encoder 100 further conprises, optionally, a node controller 170,
which is configured to decide whether a portion of the audio content (for
exanple, a frame of the audio content) is to be encoded in the



5 of the audio content, the pre-processed version 110" thereof or the
frequency,. i presentation 122 thereof. The node c may,
for exanpwggﬁﬁlédéh‘g%speech detection algorithmto deter mg[rlité}’@%(ge@)éﬁ@kpke
portions of the audio content and provide a node control signal 172 which

i ndi cates to encode the portion of the audio content in the

| i near-prediction de in response to defecting a speech-1jke portion, In
cont rast , Figt fhe Thoms e bERE voT oF arfintid ¢ h—an%ﬁv@ﬁ-%%i GRAD v

audi o content is nOICXPEBATperfoemed liethewvigaaladuniaiml | er 170 provi des the node
control signal 172 such that the node control signal 172 indicates to
encode said portion of the audio content in the frequency-domain node. In
the fol | oignyl the showsal blo¢kusahiematialdiagya fof aheudiodiignad deader, ato@dinigl o be
di scussed in 15 dec{naérﬁbod}-rg&qtrggltﬁéih@gﬁnfwdi o signal encoder 100 is
configured to efficiently encode both portions of the audio content which
are speech-1i ke and portions of the audio content which are not

speech- 1 ikig. 1For thhsweW wafed vidwe ofldTDAEResEE WilD TCOXMDGESH die bigagt two
nodes, nanely the |jnear-prediction node and the frequency-domai n node.
However, the timed 2t 0- f requency-domai n converter 120 of the audio
encoder 110 is configured to 20 transformthe sane tine-donmain

repr nt at i of the audi 0, conte exanpl e | t tation
150, B Ae BT e pr oRBuBeh SPERLE ReytpeRlani 0P pheectdfy oBBYy S8 38008 -
both for the |inearpefosaiedin tha andidsiganddachders peageding {o Higerad andnidde. A
frequency resolution of the frequency-domain representation 122 may,
however, he different for the djfferent nodes of operatiaon. The .
frequencytigobhi n r ePHO¥E chtssRGTBRIC) 2ePresentabon ol ot (rossesing ol asihsedienly @ndio

i mredi atel y, but rafdigés inpREaIG@ Hacodhepeehriial @ Bigshel srdar;i zati on and the
encodjng. The spectral -shaping is perforned 1n such a manner that an effect
of the quantization noise introduced by the quantizing encoder 140 is kept
suf fi ci enFigylSnmal | , showsartdee r¢pesutngla exmbesofispedia coefficients.as larfut¢tmn of

| i near - prediction ; Osifr)ﬁct ral shaping is perfornmed in dependence on
a set 134 of Iineap%)gar%agliegt@% or=’”donmmi n paraneters, which are 30 derived from
the audio content. In this case, the spectral shaping nay, for exanple, be
per f or medpgued t hatRRGHARIE r&R&khintd RIS wu@aB ARl tZRdformBlialswe hi gher)
if a corresponding spectral coefficient of a frequency-domain

repr ntation of the |inearprediction-domain paraneters conprises a

conpar at i Figl y7d ar geshowal aigschdmatiet hepresanation ofpechudid windbivi cbhesitien éd ahhe
frequency-domain represgntaticon 122 are weighted in 35 accordance with
correspondi ng spect rrg‘?“ﬁrg fci iee%f%%nﬁg}’f”a spectral domai n representation of
the linear-prediction-domain paraneters. Accordingly, spectral coefficients
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conparatively | arger values, are quantized with conparatively higher

resolutionp, d to the higher weighting i.n the spectrally-shaped set 2 of
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content for which ainsqepetdeate shapemgdedLPCdiMetlasedBciant h t he

| i near - prediction-domain paraneters 134 (for exanple, in accordance with a
spectral - 5 donain representation of the |inear-prediction-domin

par an¥ er Detaileyl Drscriptiombbthy Embodishensi se shapi ng, because spectral
coefficients of the frequency-domain representation 132, which are nore
sensitive with respect _to ntization_ noi se, are weighted higher in the
spectral $hapi Agdiosignal encs sogingdethigd quanti zati on noi se introduced by
the quantizing encoder 140 is actually reduced. 10 In contrast, portions of
t he audi o_content,. which are encoded in the frequency-daonai n node, )
experi enc&® e GpHgiing o @les%aq cBERLIST ARFOrding forfnserabadin el ok e Pestion will
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r epr esent atrmetimdP4dso Hifly desmhatatd boan afdio becodpect ral nmaski ng and t enpor al
masking is used to deci de which spectral conmponents (for exanple, spectral
coefficients) of the frequency-domain representation 122 should be encoded
with high effective quantization accuracy and which spectral conponents
(for exanple, spectral coefficients) of the frequency-domain representation
122 may be encoded with 20 conparatively | ow effective quantization
accuracy. In other words, the psycho-acoustic nodel processor may, for
exanpl e, determ ne the psycho-acoustic rel evance of different spectral
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f or exanpbempe, nveildfipeu: Gases) ef thedogitraediodsformatnef. or m

ti me-domai n-t o-frequency-domai n converter 230a, which provides a spectral

representation 230b of the audio content. The frequency-domain encoder 230
al so 2onplheasdia epegdend 08 absgstomprispnp ypReGrupBoWcesipT &30, vehigly iy eapdigaeed: te
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spectrally post-processe
sequence of spectrally-shaped sets 132 of spectral coefficients. The spectrum processor
130 may be configured to apply a spectral shaping to a set 122 of spectral coefficients, or a
30 pre-processed version 122’ thereof, in dependence on a set of linear-prediction-domain
parameters 134 for a portion (for example, a frame) of the audio content to be encoded in
the linear-prediction mode, to obtain a spectrally-shaped set 132 of spectral coefficients.
The spectrum processor 130 may also be configured to apply a spectral shaping to a set
122 of spectral coefficients, or to a pre-processed version 122’ thereof, in dependence on a
35  set of scale factor parameters 136 for a portion (for example, a frame) of the audio content
to be encoded in a frequency-domain mode, to obtain a spectrally-shaped set 132 of
spectral coefficients for said portion of the audio content to be encoded in the frequency

domain mode. The spectrum processor 130 may, for example, comprise a parameter



19 the encoded scale factor information 234. The frequency-domai n encoder
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representation 230f of the audio content. The 5 frequency-donmai n encoder
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35 accordance with corresponding spectral coefficients of a spectral domain representation of
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the spectral domain representation of the linear-prediction-domain parameters take
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242 and an encoded LPC-filter coefficient information 244 on the basis of the input audio
representation 210°°. The LPD coder 240 comprises a linear-prediction analysis 240a,
which is configured to provide LPC-filter coefficients 240b and the encoded LPC-filter
15 coefficient information 244 on the basis of the input representation 210°” of the audio
content. The LPD coder 240 also comprises an excitation encoding, which comprises two
parallel branches, namely a TCX branch 250 and an ACELP branch 260. The branches are
switchable (for example, using a switch 270), to either provide a transform-coded-
excitation 252 or an algebraic-encoded-excitation 262. The TCX branch 250 comprises an
20  LPC-based filter 250a, which is configured to receive both the input representation 210’
of the audio content and the LPC-filter coefficients 240b provided by the LP analysis 240a.
The LPC-based filter 250a provides a filter output signal 250b, which may describe a
stimulus required by an LPC-based filter in order to provide an output signal which is
sufficiently similar to the input representation 210°” of the audio content. The TCX branch
25  also comprises a modified-discrete-cosine-transform (MDCT) configured to receive the
stimulus signal 250d and to provide, on the basis thereof, a frequency-domain
representation 250d of the stimulus signal 250b. The TCX branch also comprises a
quantizer 250e configured to receive the frequency-domain representation 250b and to
provide a quantized version 250f thereof. The TCX branch also comprises an entropy-
30  coder 250g configured to receive the quantized version 250f of the frequency-domain
representation 250d of the stimulus signal 250b and to provide, on the basis thereof, the
transform-coded excitation signal 252.

The ACELP branch 260 comprises an LPC-based filter 260a which is configured to
35  receive the LPC filter coefficients 240b provided by the LP analysis 240a and to also
receive the input representation 210 of the audio content. The LPC-based filter 260a is
configured to provide, on the basis thereof, a stimulus signal 260b, which describes, for
example, a stimulus required by a decoder-sided LPC-based filter in order to provide a
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has been found that common tools shared by the different coders may ease the transitions.

20  Taking reference now to the reference audio encoder 200 according to Fig. 2, it can be seen
that in USAC, the frequency-domain coder 230 computes a modified discrete cosine
transform (MDCT) in the signal-domain while the transform-coded excitation branch
(TCX) computes a modified-discrete-cosine-transform (MDCT 250c¢) in the LPC residual
domain (using the LPC residual 250b). Also, both coders (namely, the frequency-domain

25 coder 230 and the TCX branch 250) share the same kind of filter bank, being applied in a
different domain. Thus, the reference audio encoder 200 (which may be a USAC audio
encoder) can’t exploit fully the great properties of the MDCT, especially the time-domain-
aliasing cancellation (TDAC) when going from one coder (for example, frequency-domain
coder 230) to another coder (for example, TCX coder 250).

30
Taking reference again to the reference audio encoder 200 according to Fig. 2, it can also
be seen that the TCX branch 250 and the ACELP branch 260 share a linear predictive
coding (LPC) tool. It is a key feature for ACELP, which is a source model coder, where the
LPC is used for modeling the vocal tract of the speech. For TCX, LPC is used for shaping

35  the quantization noise introduced on the MDCT coefficients 250d. It is done by filtering
(for example, using the LPC-based filter 250a) in the time-domain the input signal 210"’
before performing the MDCT 250c. Moreover, the LPC is used within TCX during the
transitions to ACELP by getting an excitation signal fed into the adaptive codebook of
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15  content is provu?ed a frequency domain coder 230, and a linear-prediction mode in

which an encoded representation of a portion of the audio content is provided by the linear

prediction-domain coder 340. The portions of the audio content encoded in different of the
modes may be overlapping in some embodiments, and may be non-overlapping in other
embodiments.
20
The frequency-domain coder 330 receives the input representation 310° of the audio
content for a portion of the audio content to be encoded in the frequency-domain mode and
provides, on the basis thereof, an encoded spectral representation 332. The linear-
prediction domain coder 340 receives the input representation 310°” of the audio content
25  for a portion of the audio content to be encoded in the linear-prediction mode and provides,
on the basis thereof, an encoded excitation 342. The switch 320 may be used, optionally, to
provide the input representation 310 to the frequency-domain coder 330 and/or to the
linear-prediction-domain coder 340.

30 The frequency-domain coder also provides an encoded scale factor information 334. The
linear-prediction-domain coder 340 provides an encoded LPC-filter coefficient information
344,

The output-sided multiplexer 380 is configured to provide, as the encoded representation
35 312 of the audio content, the encoded spectral representation 332 and the encoded scale
factor information 334 for a portion of the audio content to be encoded in the frequency-
domain and to provide, as the encoded representation 312 of the audio content, the encoded
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: neaio PT ed ng(? also%g%{p%sgsog Iqlrllegmzerdconﬁgured to receive the scaled (spectrally-shaped)
version 330f of the MDCT-transformed frequency-domain representation 330b of the
audio content, and to provide a quantized version 330h thereof. The frequency-domain
coder 330 also comprises an entropy coder 330i configured to receive the quantized
version 330h and to provide, on the basis thereof, the encoded spectral representation 332.
25  The quantizer 330g and the entropy coder 330i may be considered as a quantizing encoder.

The linear-prediction-domain coder 340 comprises a TCX branch 350 and a ACELP
branch 360. In addition, the LPD coder 340 comprises an LP analysis 340a, which is
commonly used by the TCX branch 350 and the ACELP branch 360. The LP analysis 340a

30 provides LPC-filter coefficients 340b and the encoded LPC-filter coefficient information
344,

The TCX branch 350 comprises an MDCT transform 350a, which is configured to receive,
as an MDCT transform input, the time-domain representation 310°°. Importantly to note,
35  the MDCT 330a of the frequency-domain coder and the MDCT 350a of the TCX branch
350 receive (different) portions of the same time-domain representation of the audio

content as transform input signals.
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35 an encoded excitation 342 for a portion of the audio content to be encoded using the

ACELP mode (which is a sub-mode of the linear prediction mode).
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common sig processing path for the frequency domain node and the TCX
sub-node of the linear prediction node.

Fig. 5 shows a pseudo program code of a function “LPC2MDCT” for providing MDCT
scale factors (“mdct_scaleFactors™) on the basis of input LPC coefficients (“Ipc_coeffs™).
35 As can be seen, the function “LPC2MDCT” receives, as input variables, the LPC
coefficients “Ipc_coeffs”, an LPC order value “Ipc order” and window size values
“sizeR”, “sizeM”, “sizeL.”. In a first step, entries of an array “InRealDatafi]” is filled with
a modulated version of the LPC coefficients, as shown at reference numeral 510. As can be
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n=N _.j__zi(k-g._l_jn

30
where N = sizeN, which is two times the size of the MDCT

In the above formula, LPC coefficients Ipc_coeffs[n] take the role of the transform input
35  function x(n). The output function Xy(k) is represented by the values “OutRealData[k]”
(real part) and “OutlmagData[k]” (imaginary part).
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Accor Qud CM%CS&W?%E%g The Decoder Overview In the follow ng, an
audi o sr gnal decoder w Il be described, which is capabl e of decoding the
encoded reprREERYEI@Rg He RihdaWHitindINE SVrlappid¥i ded by the audio signal
encoder described above. 20 The audi o signal decoder 1100 according to Fig.
11 is configured to receive the encoded representation 1110 of an audio
content anigk windwivitgsandahe breldppidigdetrenaabseqaem Gande drerdeperéwdnit &td. Grand 112
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LPC f] gt coe(ﬁ%,r, i ent nformatr on and additional control 30 information or
Si gna nHH Oré’iaaﬂ 1PR¥ or mati on. The audi o signal decoder 1100 al so

conprises a spectral value determ nator 1130 which is configured to obtain
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of portions g non- ranmes
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50 %, and which is encoded in the frequency-domain mode, is windowed using a window
718, which is designated as a “start window”. The start window has a long left-sided
transition slope 718a and a short right-sided transition slope 718c.

25 A third audio frame 722, which is encoded in the linear prediction mode, is windowed
using a linear prediction mode window 724, which comprises a short left-sided transition
slope 724a matching the right-sided transition slope 718c and a short right-sided transition
slope 724c. A fourth audio frame 728, which is encoded in the frequency domain mode, is
windowed using a “stop window” 730 having a comparatively short left-sided transition

30 slope 730a and a comparatively long right-sided transition slope 730c.

When transitioning from the frequency domain mode to the linear prediction mode, i.e. as

a transition between the second audio frame 716 and the third audio frame 722, an extra set

of LPC coefficients (also designated as “LPC0”) is conventionally sent for securing a
35  proper transition to the linear prediction domain coding mode.

However, and embodiment according the invention creates an audio encoder having a new
type of start window for the transition between the frequency domain mode and the linear
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content. koneM&dio chieithe absence of the tinme-domain post-processor 1170,
the 25 decoded representation 1112 of the audio content nay be equal to the
ti me-domai n representation 1162 of the audio content provided by the
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mul ti - modgraudiiflsiendlal #a80WekdowdP30hi ch is capabl e of handling an encoded
audi o_signal representation in which subsequent portions (for exanple,

overl&ppi ng or non-overlapping audio frames) of the audio content are
encoded UFh&@ofidept @l&ﬁﬂibedfﬁdlﬂs refbﬂ:n&él@o fmg ! @vu'rmgs theldi eankagembat wi tkdnsb@n

d of th t
audi o conPeREet eeiBioGEaTaRE it RBEREIR S icHEed BeSat RoRhs e Se-audi o
franmes, italled flang iveintiawT ;andnm@hﬂrémhdiooﬁ’ameeSﬁmhlhhtls amsddddoirs theedinemn
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non-overlappin anmes encoded in the sane

subseuensecond eudla@;amegfi 165 whish.-is eeeadag in e lingerdiredietiemmede Heibgde Window
di fferent gipdes thds&bAA aRLY hire auhicals enRled 8608t 3D Spectral shaping is

performed in the frequency domain (i.e. using the filter coefficient transformer 350b), a
good overlap-and-add between the audio frame 810 encoded in the frequency domain
mode using a window having a comparatively long right-sided transition slope 812b and

30 the second audio frame 816 can be obtained. In addition, encoded LPC filter coefficients
are transmitted for the second audio frame 816 instead of scale factor values. This
distinguishes the transition of Fig. 8 from the transition of Fig. 7, where extra LPC
coefficients (LPCO) are transmitted in addition to scale factor values. Consequently, the
transition between the second audio frame 816 and the third audio frame 822 can be

35  performed with good quality without transmitting additional extra data like, for example,
the LPCO coefficients transmitted in the case of Fig. 7. Thus, the information which is
required for initializing the linear predictive domain codec used in the third audio frame
822 is available without transmitting extra information.
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coefficients on the basis of an encoded representation of the 25 LPC filter
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The paraneter provi der 1156 may further conprise a scale factor

determn ured to obtain decoded scal e factor he basis
of an en?% 8ﬁﬁg%kgsentatlon of the scale factor val ues g#ﬁ%%ﬂgg |g frame
encoded in the frequency-domain node. THhe decoded 353ca|e factor val ues may
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encoding of the audio frame 816 can either be done by adapting the TCX branch 350, such

that the MDCT 350g takes over the characteristics of the MDCT 330a, and such that the

35  quantization 350f takes over the characteristics of the quantization 330e and such that the
entropy encoding 350h takes over the characteristics of the entropy encoding 330i, or by

applying the linear predication domain gain values 350c in the frequency domain coder



5 and additional information (for exanple, an encoded scal e-factor
|nfornat| encoded LPC filter paraneter infornmati dio
si gnal ‘QQ& %%%gé al so conprises switches 1216, 1218,$§§&%%M§@§w?y
configured to distribute conponents of {4he encoded representation of the
audi o content provided by 10 the bitstreamdenultiplexer to different
conponent roceSS|n bl ocks of the audio signal decoder 1200., For exanple,
the audi o’ Go8lt sefutienter £apaleBhiid sad to teoprpssiaige of the start window 816 as
frequencwﬂd&n&ﬁnmmodﬁﬁaﬁ%tsm@gmmde branch 1230, which receives fromthe
switch 1216 an encoded frequency-donmain representation 1228 and provi des,
on the basis thereof a time-donain representation 1232 of the audio
content. 4 ! ipingindecodir @odmding20@1g130al so conpri ses an ACELP decoder
1240, swhich is conflgured to receive fromthe switch 1216 an ACELP-encoded
excitation information 1238 and tO.ﬁFOVIde on the basis thereof, a
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freq domai n de/ TC node branch 1230 may conprise an entropy

decod %Bﬂncﬂﬂiu X h\%g’dt he encoded frequency domain infornmation 1228
and provides, on the basis thereof, a decoded frequency domain infornation

1230b, wh : ' '
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time domfe%rés&&ﬁ@&? N6 R ee fljeaﬁgn&fdom?n AL RNEAGK 80500 is input into a combiner

25 1030e, which combines the frequency domain representation 1030b with spectral shaping

values 1040, to obtain a spectrally shaped version 1030f of the frequency domain
representation 1030b. The spectrally shaped representation 1030f is quantized using a
quantizer 1030g, to obtain a quantized version 1030h thereof, and the quantized version
1030h is sent to an entropy coder (for example, arithmetic encoder) 1030i. The entropy

30  coder 1030i provides a quantized and entropy coded representation of the spectrally shaped
frequency domain representation 1030f, which quantized an encoded representation is
designated with 1032. The MDCT 1030a, the combiner 1030e, the quantizer 1030g and the
entropy encoder 10301 form a common signal processing path for the frequency domain
mode and the TCX sub-mode of the linear prediction mode.

35
The audio signal encoder 1000 comprises an ACELP signal processing path 1060, which
also receives the time domain representation 1010 of the audio content and which provides,
on the basis thereof, an encoded excitation 1062 using an LPC filter coefficient



5 The entropy decoder 1230a, the inverse quantizer 1230c and the inverse

nodi fi ed osine transform 1230g may all option sone
cont rol ‘gp%{ ?456% whi ch may be included in the bi tstr%ye{@l)%(?ﬁ e4r9|?z/ed from

t he bitstream by the paramet er provi der;,1260. The paraneter provider 1260
conprises a scale factor decoder 1260a, which receives the 10 encoded scal e
factor inf?rnatlon 1254 and rOV|des a decoded scal e factor, i nformat.i on

1260b. THa'pEHAeR{ 108, (1h¢ iAf L sighrl iracsseBaprthd 060 ahicheaydus gqnsidetsd as

dec ?]ger Jlaa@@gct ogﬁMiﬁa(t hgdrﬁpﬁgamgangm%egaaééd ﬁﬁ&gﬂ@tﬁ{)at Réhieh eedinds |1;lEéCt1fIie| d@hain

coe icien I N n n 0] Vi ae

Gocoded bt TR S Porke Rl P e dhs i P o PG 0 s

t r ansf or nHI60h 26 @e. AGEEB entdrer L0 cc db¢ AIGHIdhencdderqueyidd®e engrdedicdetatione LPC
P Lo SoIGRShlhe AR of B SR GebA% L ubiSaifEbRygeCoder 1240, The

filter co i Cl ent transtorner e I's con ured to transformthe LPC
filter coefficients 1260d into the frequency donain (al so designated as

spectral THTRIAY sAd] &&oae&bmuam bdmpPBscs \ecdrhmBR i ﬁleﬂia‘li}tz'ef)mO’V@d@ucﬂlaisn

val ues 1260f. framthe LPC fi.lter cqefficients \1/11%33 t'gd the araHet er
provi der B§EUIed togiResiyt s ting damala feRresepiasiog oftthe a&Q’é?n%ﬂné

svmdt ch _2013r36ﬂ§, ot ItlﬁeGElmwof dxe&ﬁs ,Ctak 8péaaet @ha@olﬂgZﬁﬂmf ioh ®404 Eﬂ@hlthepLEldl mwﬁonl .
node In Vv as .t ctral or.mat i.on t .shou
hote oy bR AP RlroRintlod WP BR s L BAP S LR e B 980 FirgrlagRO

be suppl erguiret fdrydeodingbe cuoentadiic ifeneE. Thuepthecaswshoy signeb snalywer 1070
ost-pro t t i

p p dﬁ%éfd@&t}é %Q&ra%%ﬁé&ﬁ%‘iﬁf@ﬁn&%%"‘@g@? PE‘?‘%S& p’%?g;rﬁyaaﬂ&fm RLERES %?%leﬁg

st eps an ost processi n qg!é eren
nmodes.  the euysieat gudiaj frémw lﬁlenlged gt thep SgapagRcy Hioman |ragden gnd 3@?Vl§f~‘§r@&|

1; | ow ?CCSéﬂtibEai Tsd%ld:]i:e@tor ligformBrid & ﬂq?guﬁ%tn@duaﬁaﬂesm Qh@odildgﬁahe ffxlegueﬂwlt | be
escr e akl n e enc (0] a 1 Ng (0]
oo I iR atieds Thentals, etor dlwRtons conih 35 St SECBF dPRg GoRME . a5
WO 2011/ 0}4@451&&’(537/ R 28 1dhobEAsly aﬂzﬂym l@’l?(hpland: iah \encodedeseale, facter odomaption t he

ACELP S“baeg?ﬁ@ gthélgc%lérta@%% 1@f(ﬁ)dlfsq}lélﬁg'ednﬂg)ethg%tsg&ng(?p%@s A FEhe Lh

ref erence reguency domail 1f0de “branch
1230 rece¢nﬁeé€dméh@ﬁ9@€?@§ygoma@qn@dmy domsu n information 1228. The encoded
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Moreover, for an audio frame to be encoded in the ACELP sub-mode of the linear-
: prediction mode, the linear-prediction analysis 1070c of the common signal analyzer 1070
35  provides the LPC filter coefficient information 1040b to the LPC-based filter 1060a of the
ACELP signal processing branch 1060. In this case, the common signal analyzer 1070
provides an encoded LPC filter coefficient information for inclusion into the bitstream
1012.



20spectral coefficients, such that nore codeword bits are required for
encodi ng | coefficient having a conparatively i fude.
Subsequeﬁ?P??ﬁﬁ%%Q?se guanti zati on 1330c of the quantizgg&&ﬁégﬁﬁﬁg§;donain
node spectral coefficients and of the guantized TCX node spectral
coefficients will be 25 perfornmed, for "éxanple using the inverse quantizer
1230c. The inverse quantization may be described by the follow ng fornula:
4 x_invquant = Sign(x _quant)lx _quantl 3 30 Accordingly, inversely
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n. As a sinplifying assunption, it can be assuned that there is one tine

domai n representation xi, n per audio frane. However, in sonme cases, in
whi ch mul £hepedipisieaahdecodes 180 alsglcompsisesensnesidal vahsrdetarmirerst )P0 ayhich is

configured to obtain a plurality of sets 1132 of decoded spectral coefficients for a plurality

of portions (for example, overlapping or non-overlapping audio frames) of the audio

35  content. The sets of decoded spectral coefficients may optionally be preprocessed using a
preprocessor 1140, thereby yielding preprocessed sets 1132’ of decoded spectral
coefficients.
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It should be noted that the audio signal decoder 1100 is a multi-mode audio signal decoder,

35  which is capable of handling an encoded audio signal representation in which subsequent
portions (for example, overlapping or non-overlapping audio frames) of the audio content
are encoded using different modes. In the following, audio frames will be considered as a
simple example of a portion of the audio content. As the audio content is sub-divided into
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decoded spectral coefficients of a subsequent audio frame encoded in a second of the

o

modes. Thus, a linear combination of the output of the lapped transform performed for an

35 audio frame encoded in the first mode and of the output of the lapped transform for an
audio frame encoded in the second of the mode is performed. Naturally, an appropriate
overlap windowing can be performed as part of the lapped transform process or subsequent
to the lapped transform process.
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to 128 in 25 case of FD node to LPD node. The diagram of Fig. 15 shows a

nunber of spectral coefficients as a function of nod[], as
Moreover, it should be noted that the spectrum processor 1150 may comprise a parameter

provider 1156, which is configured to provide the set 1152 of linear-prediction domain
20  parameters and the set 1154 of scale factor parameters on the basis of the information
extracted from the bitstream 1110, for example, on the basis of an encoded scale factor
information and an encoded LPC filter parameter information. The parameter provider
1156 may, for example, comprise an LPC filter coefficient determinator configured to
obtain decoded LPC filter coefficients on the basis of an encoded representation of the
25  LPC filter coefficients for a portion of the audio content encoded in the linear-prediction
mode. Also, the parameter provider 1156 may comprise a filter coefficient transformer
configured to transform the decoded LPC filter coefficients into a spectral representation,
in order to obtain linear-prediction mode gain values associated with different frequencies.
The linear-prediction mode gain values (sometimes also designated with g[k]) may
30  constitute a set 1152 of linear-prediction domain parameters.

The parameter provider 1156 may further comprise a scale factor determinator configured
to obtain decoded scale factor values on the basis of an encoded representation of the scale
factor values for an audio frame encoded in the frequency-domain mode. The decoded

35  scale factor values may serve as a set 1154 of scale factor parameters.

Accordingly, the spectral-shaping, which may be considered as a spectrum modification, is
configured to combine a set 1132 of decoded spectral coefficients associated to an audio
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frame encoded in the linear-prediction mode, or a preprocessed version 1132’ thereof, with
the linear-prediction mode gain values (constituting the set 1152 of linear-prediction
domain parameters), in order to obtain a gain processed (i.e. spectrally-shaped) version
1158 of the decoded spectral coefficients 1132 in which contributions of the decoded
5  spectral coefficients 1132, or of the pre-processed version 1132’ thereof, are weighted in
dependence on the linear-prediction mode gain values. In addition, the spectrum modifier
may be configured to combine a set 1132 of decoded spectral coefficients associated to an
audio frame encoded in the frequency-domain mode, or a pre-processed version 1132’
thereof, with the scale factor values (which constitute the set 1154 of scale factor
10 parameters) in order to obtain a scale-factor-processed (i.e. spectrally-shaped) version 1158
of the decoded spectral coefficients 1132 in which contributions of the decoded spectral
coefficients 1132, or of the pre-processed version 1132’ thereof, are weighted in
dependence on the scale factor values (of the set 1154 of scale factor parameters).
Accordingly, a first type of spectral shaping, namely a spectral shaping in dependence on a
15  set 1152 of linear-prediction domain parameters, is performed in the linear-prediction
mode, and a second type of spectral-shaping, namely a spectral-shaping in dependence on
a set 1154 of scale factor parameters, is performed in the frequency-domain mode.
Consequently, a detrimental impact of the quantization noise on the time-domain-
representation 1162 is kept small both for speech-like audio frames (in which the spectral-
20  shaping is preferably performed in dependence on the set 1152 of linear-prediction-domain
parameters) and for general audio, for example, non-speech-like audio frames for which
the spectral shaping is preferably performed in dependence the set 1154 of scale factor
parameters. However, by performing the noise-shaping using the spectral shaping both for
speech-like and non-speech-like audio frames, i.e. both for audio frames encoded in the
25  linear-prediction mode and for audio frames encoded in the frequency-domain mode, the
multi-mode audio decoder 1100 comprises a low-complexity structure and at the same time
allows for an aliasing-canceling overlap-and-add of the time-domain representations 1162

of audio frames encoded in different of the modes.

30  Other details will be discussed below.

6. Audio Signal Decoder According to Fig, 12

Fig. 12 shows a block schematic diagram of an audio signal decoder 1200, according to a

35  further embodiment of the invention. Fig. 12 shows a unified view of a unified-speech-
and-audio-coding (USAC) decoder with a transform-coded excitation-modified-discrete-
cosine-transform (TCX-MDCT) in the signal domain.
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to distribute components of the encoded representation of the audio content provided by
10  the bitstream demultiplexer to different component processing blocks of the audio signal
decoder 1200. For example, the audio signal decoder 1200 comprises a combined
frequency-domain-mode/TCX sub-mode branch 1230, which receives from the switch
1216 an encoded frequency-domain representation 1228 and provides, on the basis thereof,
a time-domain representation 1232 of the audio content. The audio signal decoder 1200
15  also comprises an ACELP decoder 1240, which is configured to receive from the switch
1216 an ACELP-encoded excitation information 1238 and to provide, on the basis thereof,

a time-domain representation 1242 of the audio content.

The audio signal decoder 1200 also comprises a parameter provider 1260, which is

20  configured to receive from the switch 1218 an encoded scale-factor information 1254 for
an audio frame encoded in the frequency-domain mode and an encoded LPC filter
coefficient information 1256 for an audio frame encoded in the linear-prediction mode,
which comprises the TCX sub-mode and the ACELP sub-mode. The parameter provider
1260 is further configured to receive control information 1258 from the switch 1218. The

25  parameter provider 1260 is configured to provide a spectral-shaping information 1262 for
the combined frequency-domain mode/TCX sub-mode branch 1230. In addition, the
parameter provider 1260 is configured to provide a LPC filter coefficient information 1264
to the ACELP decoder 1240.

30 The combined frequency domain mode/TCX sub-mode branch 1230 may comprise an
entropy decoder 1230a, which receives the encoded frequency domain information 1228
and provides, on the basis thereof, a decoded frequency domain information 1230b, which
is fed to an inverse quantizer 1230c. The inverse quantizer 1230c provides, on the basis of
the decoded frequency domain information 1230b, a decoded and inversely quantized

35  frequency domain information 1230d, for example, in the form of sets of decoded spectral
coefficients. A combiner 1230e is configured to combine the decoded and inversely
quantized frequency domain information 1230d with the spectral shaping information
1262, to obtain the spectrally-shaped frequency domain information 1230f. An inverse
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cosine transform 1230g may all optionally receive some control information, which may
be included in the bitstream or derived from the bitstream by the parameter provider 1260.

The parameter provider 1260 comprises a scale factor decoder 1260a, which receives the
encoded scale factor information 1254 and provides a decoded scale factor information
1260b. The parameter provider 1260 also comprises an LPC coefficient decoder 1260c,
which is configured to receive the encoded LPC filter coefficient information 1256 and to
provide, on the basis thereof, a decoded LPC filter coefficient information 1260d to a filter
coefficient transformer 1260e. Also, the LPC coefficient decoder 1260c provides the LPC
filter coefficient information 1264 to the ACELP decoder 1240. The filter coefficient
transformer 1260¢ is configured to transform the LPC filter coefficients 1260d into the
frequency domain (also designated as spectral domain) and to subsequently derive linear
prediction mode gain values 1260f from the LPC filter coefficients 1260d. Also, the
parameter provider 1260 is configured to selectively provide, for example using a switch
1260g, the decoded scale factors 1260b or the linear prediction mode gain values 1260f as
the spectral shaping information 1262.

It should be noted here that the audio signal encoder 1200 according to Fig. 12 may be
supplemented by a number of additional preprocessing steps and post-processing steps
circuited between the stages. The preprocessing steps and post-processing steps may be
different for different of the modes.

Some details will be described in the following.

7. Signal flow according to Fig. 13

In the following, a possible signal flow will be described taking reference to Fig. 13. The
signal flow 1300 according to Fig. 13 may occur in the audio signal decoder 1200
according to Fig. 12.

It should be noted that the signal flow 1300 of Fig. 13 only describes the operation in the
frequency domain mode and the TCX sub-mode of the linear prediction mode for the sake
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n=0 with anl the quantized TCX mode spectral coefficients may be integer numbers in some
embodiments. The entropy decoding may, for example, jointly decode groups of encoded

spectral coefficients in a context-sensitive manner. Moreover, the number of bits required

to encode a certain spectral coefficient may vary in dependence on the magnitude of the

20  spectral coefficients, such that more codeword bits are required for encoding a spectral

coefficient having a comparatively larger magnitude.

Subsequently, inverse quantization 1330c of the quantized frequency domain mode
spectral coefficients and of the quantized TCX mode spectral coefficients will be

25  performed, for example using the inverse quantizer 1230c. The inverse quantization may
be described by the following formula:

4
x_invquant = Sign(x_ quant)-|x_ quant|3

30 Accordingly, inversely quantized frequency domain mode spectral coefficients
(“x_ac_invquant”) are obtained for audio frames encoded in the frequency domain mode,
and inversely quantized TCX mode spectral coefficients (“x_tcx_invquant”) are obtained
for audio frames encoded in the TCX sub-mode.

35 7.1 Processing for audio frame encoded in the frequency domain
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International Standard ISO/IEC 14496-3, subpart 4, sub-clauses 4.6.2 and 4.6.3. The
15 scaling 1344 may, for example, be performed using the combiner 1230e. Accordingly, a
scaled (and consequently, spectrally shaped) version 1346, “x_rescal” of the frequency
domain mode spectral coefficients is obtained, which may be equivalent to the frequency
domain representation 1230f. Subsequently, a combination of a mid/side processing 1348
and of a temporal noise shaping processing 1350 may optionally be performed on the basis
20  of the scaled version 1346 of the frequency domain mode spectral coefficients, to obtain a
post-processed version 1352 of the scaled frequency domain mode spectral coefficients
1346. The optional mid/side processing 1348 may, for example, be performed as described
in ISO/IEC 14496-3: 2005, information technology-coding of audio-visual objects - part 3:
Audio, subpart 4, sub-clause 4.6.8.1. The optional temporal noise shaping may be
25  performed as described in ISO/IEC 14496-3: 2005, information technology-coding of
audio-visual objects - part 3: Audio, subpart 4, sub-clause 4.6.9.

Subsequently, an inverse modified discrete cosine transform 1354 may be applied to the
scaled version 1346 of the frequency-domain mode spectral coefficients or to the post-

30  processed version 1352 thereof. Consequently, a time domain representation 1356 of the
audio content of the currently processed audio frame is obtained. The time domain
representation 1356 is also designated with x; ,. As a simplifying assumption, it can be
assumed that there is one time domain representation x; , per audio frame. However, in
some cases, in which multiple windows (for example, so-called “short windows™) are

35 associated with a single audio frame, there may be a plurality of time domain
representations Xx;, , per audio frame.
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be divided into a plurality of, for example, four sub-frames, which can be encoded in
different sub-modes of the linear prediction mode. For example, the sub-frames of an audio
frame can selectively be encoded in the TCX sub-mode of the linear prediction mode or in
the ACELP sub-mode of the linear prediction mode. Accordingly, each of the sub-frames

15 can be encoded such that an optimal coding efficiency or an optimal tradeoff between
audio quality and bitrate is obtained. For example, a signaling using an array named
“mod[]” may be included in the bitstream for an audio frame encoded in the linear
prediction mode to indicate which of the sub-frames of said audio frame are encoded in the
TCX sub-mode and which are encoded in the ACELP sub-mode. However, it should be

20  noted that the present concept can be understood most easily if it is assumed that the entire
frame is encoded in the TCX mode. The other cases, in which an audio frame comprises
both TCX sub-frames should be considered as an optional extension of said concept.

Assuming now that the entire frame is encoded in the TCX mode, it can be seen that a
25 noise filling 1370 is applied to inversely quantized TCX mode spectral coefficients 1330d,
which are also designated as “quant[]”. Accordingly, a noise filled set of TCX mode
spectral coefficients 1372, which is also designated as “r[i]”, is obtained. In addition, a so-
called spectrum de-shaping 1374 is applied to the noise filled set of TCX mode spectral
coefficients 1372, to obtain a spectrum-de-shaped set 1376 of TCX mode spectral
30 coefficients, which is also designated as “r[i]”. Subsequently, a spectral shaping 1378 is
applied, wherein the spectral shaping is performed in dependence on linear-prediction-
domain gain values which are derived from encoded LPC coefficients describing a filter
response of a Linear-Prediction-Coding (LPC) filter. The spectral shaping 1378 may for
example be performed using the combiner 1230a. Accordingly, a reconstructed set 1380 of
35  TCX mode spectral coefficients, also designated with “rr[i]”, is obtained. Subsequently, an
inverse MDCT 1382 is performed on the basis of the reconstructed set 1380 of TCX mode
spectral coefficients, to obtain a time domain representation 1384 of a frame (or,
alternatively, of a sub-frame) encoded in the TCX mode. Subsequently, a rescaling 1386 is
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TCX mode, to obtain a rescaled time domain representation 1388 of the frame (or sub-
frame) encoded in the TCX mode, wherein the rescaled time domain representation is also
designated with “x,[i]”. It should be noted that the rescaling 1386 is typically an equal
5 scaling of all time domain values of a frame encoded in the TCX mode or of sub-frame
encoded in the TCX mode. Accordingly, the rescaling 1386 typically does not bring along

a frequency distortion, because it is not frequency selective.

Subsequent to the rescaling 1386, a windowing 1390 is applied to the rescaled time domain
10 representation 1388 of a frame (or a sub-frame) encoded in the TCX mode. Accordingly,

windowed time domain samples 1392 (also designated with “z; ,” are obtained, which

represent the audio content of a frame (or a sub-frame) encoded in the TCX mode.

7.3.  Overlap-and-add processing

15
The time domain representations 1360, 1392 of a sequence of frames are combined using
an overlap-and-add processing 1394. In the overlap-and-add processing, time domain
samples of a right-sided (temporally later) portion of a first audio frame are overlapped and
added with time domain samples of a left-sided (temporally earlier) portion of a
20  subsequent second audio frame. This overlap-and-add processing 1394 is performed both
for subsequent audio frames encoded in the same mode and for subsequent audio frames
encoded in different modes. A time domain aliasing cancellation is performed by the
overlap-and-add processing 1394 even if subsequent audio frames are encoded in different
modes (for example, in the frequency domain mode and in the TCX mode) due to the
25 specific structure of the audio decoder, which avoids any distorting processing between the
output of the inverse MDCT 1954 and the overlap-and-add processing 1394, and also
between the output of the inverse MDCT 1382 and the overlap-and-add processing 1394.
In other words, there is no additional processing between the inverse MDCT processing
1354, 1382 and the overlap-and-add processing 1394 except for the windowing 1358, 1390
30 and the rescaling 1386 (and optionally, a spectrally non-distorting combination of a pre-
empbhasis filtering and a de-emphasizing operation).

8. Details regarding the MDCT based TCX
8.1.  MDCT based TCX-tool description

35
When the core mode is a linear prediction mode (which is indicated by the fact the
bitstream variable “core_mode” is equal to one) and when one or more of the three TCX
modes (for example, out of a first TCX mode for providing a TCX portion of 512 samples,
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TCX encoding, a medium length TCX encoding or a short length TCX encoding is used),
10 the MDCT based TCX tool is used. In other words, if one of the sub-frames of the current
audio frame is encoded in the TCX sub-mode of the linear prediction mode, the TCX tool
is used. The MDCT based TCX receives the quantized spectral coefficients from an
arithmetic decoder (which may be used to implement the entropy decoder 1230a or the
entropy decoding 1330a). The quantized coefficients (or an inversely quantized version
15 1230b thereof) are first completed by a comfort noise (which may be performed by the
noise filling operation 1370). LPC based frequency-domain noise shaping is then applied
to the resulting spectral coefficients (for example, using the combiner 1230e, or the
spectral shaping operation 1378) (or to a spectral-de-shaped version thereof), and an
inverse MDCT transformation (which may be implemented by the MDCT 1230g or by the
20  inverse MDCT operation 1382) is performed to get the time domain synthesis signal.

8.2.  MDCT-based TCX-definitions

In the following, some definitions will be given.

25
“lg” designates a number of quantized spectral coefficients output by the arithmetic
decoder (for example, for an audio frame encoded in the linear prediction mode).
The bitstream variable “noise_factor” designates a noise level quantization index.

30
The variable “noise level” designates a level of noise injected in the reconstructed
spectrum,
The variable “noise[]” designates a vector of generated noise.

35

The bitstream variable “global gain” designates a rescaling gain quantization index.

(12

The variable “g” designates a rescaling gain.
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The variable “rms” designates a root mean square of the synthesized time-domain signal

“X[]”,
5  The variable “x[]” designates the synthesized time-domain signal.

8.3.  Decoding process

The MDCT-based TCX requests from the arithmetic decoder 1230a a number of quantized
10 spectral coefficients, 1g, which is determined by the mod[] value (i.e. by the value of the
variable mod[]). This value (i.e. the value of the variable mod[]) also defines the window
length and shape which will be applied in the inverse MDCT 1230g (or by the inverse
MDCT processing 1382 and the corresponding windowing 1390). The window is
composed of three parts , a left side overlap of L samples (also designated as left-sided
15  transition slope), a middle part of ones of M samples and a right overlap part (also
designated as right-sided transition slope) of R samples. To obtain an MDCT window of
length 2*1g, ZL zeros are added on the left side and ZR zeros are added on the right side.

In case of a transition from or to a “short_window” the corresponding overlap region L or

20 R may need to be reduced to 128 (samples) in order to adapt to a possible shorter window
slope of the “short_window”. Consequently, the region M and the corresponding zero
region ZL or ZR may need to be expanded by 64 samples each.

In other words, normally there is an overlap of 256 samples = L = R. It is reduced to 128 in
25  case of FD mode to LPD mode.

The diagram of Fig. 15 shows a number of spectral coefficients as a function of mod][], as

well as a number of time domain samples of the left zero region ZL, of the left overlap

region L, of the middle part M, of the right overlap region R and of the right zero region
30 ZR.

The MDCT window is given by
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that tthe Thyejfuastizsddifdcadl coefficients, also designated as “quant[]”, delivered by the

arithmetic decoder 1230a (or, alternatively, by the inverse quantization 1230c) are
completed by a comfort noise. The level of the injected noise is determined by the decoded
bitstream variable “noise_factor” as follows:

15 noise level = 0.0625*(8-noise_factor)

A noise vector, also designated with “noise[]”, is then computed using a random function,
designated with “random_sign()”, delivering randomly the value —1 or +1. The following
relationship holds:

20

noise[i] = random_sign()*noise level;

The “quant[]” and “noise[]” vectors are combined to form the reconstructed spectral
coefficients vector, also designated with “r[]”, in a way that the runs of 8 consecutive zeros

25  in “quant[]” are replaced by the components of “noise[]”. A run of 8 non-zeros are detected
according to the following formula:

ri[i] =1 fori e [0,lg/ 6]
min(7,lg-8.i/8 |-1) 5
rlg6+il= Y, |quandlg/6+8)i/8]+ k] forie[0,5.1g/6[

k=0

30

One obtains the reconstructed spectrum as follows:
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time/frequency representation of the signal (for exanple, the

ti me-frequency representation 1158, 1230f, 1352, 1380) is nmapped onto the
time domain by feeding it into the filterbank nodule (for exanple, the

modul e 116k a8&208kscABR ndi3s 81 AdD hay 168 3et8Rd 39 Podi3HbdessihBi tetWRAUIR

consi sts of an Jinverse di fied disCrete cosi transform 15 (|l , .and a
Wi ndow antPEERY SFER g PRIl R DS RATIRY GPORE 1Poahe CHEPIAHRD PRIRIEACy
resol uti oby thie colmdirder 12¥ebank to the characteristics of the input signal, a
bl ock switching tool is also adopted. N represents the wi ndow | ength, where
N is a function of the bitstream variable "w ndow sequence”. For each
channkl , Ahspesiremt devshapimgqiseappliedaiouths Xpoustraeted tspeetamo r(fedexamipde,t toethl t i me
domain v j i I\/gﬁ : [ i ndow 20 functi on,

for eac hajlg E%%H)g}:t?dts %égﬁ}uwg%h a%%%;%lﬁ%t(ﬁtﬁgwﬁsdggﬂ%%%ﬂ s added to the
second half of the previous bl ock wi ndowed sequence z(i _i)," to reconstruct

t he output ganpl egichiate @@Cdheeiampedf Gt8-ditnendiodalFblotierapandexamdfddl saek 8-
sone definitions of bitstream

Switching - Definitions [.n e follow ng,

variables will b IIB?V@?a?goﬁlﬁ%%%thg%%rqé}%r grﬂi‘easr?fi‘étm% ndow sequence”
conprifses tWwo bi tempnditbatatio R ysgeEMEHdeers Egubnbleck index viithothk neixiraymi s
used. The bi tstr%gmg\()%ﬁ bl e "wi ndow sequence" is typically 30 used for
audi o frames encoded in the frequency-donmain. Bitstream

vari abl e"wi Adow_$hRwed 1.dberpict Bes0dne bit i ndi cating which wi ndow functi on
is selectedy 35 The, trhhemeh s&irg.=RLO1 shows the el even w ndow sequences

(al so designated as w ndow_sequences) based on the seven transform w ndows.
(ONLY_LONG_SEQUENCE, LONG_START_SEQUENCE, ElI GHT_SHORT_SEQUEN CE,

L ONG BT OPE&EQ@JEidnsiobd oS BEdnSigxd-tieHjrst quARe?Oflthe GfetadPSTh&EPRLG/11244917
54 In theb}jﬁllelfgé%rnlg, LPD SEQUENCE refers to all allowed w ndow codi ng node

A spectrum de-shaping will be performed as a post-processing arranged in a signal path
between the entropy decoder 1230a and the combiner 1230e. The spectrum de-shaping
25  may, for example, be performed by the spectrum de-shaping 1374,

Prior to applying the inverse MDCT, the two quantized LPC filters corresponding to both
extremity of the MDCT block (i.e. the left and right folding points) are retrieved, their
weighted versions are computed, and the corresponding decimated (64 points, whatever the

30  transform length) spectrums are computed.

In other words, a first set of LPC filter coefficients is obtained for a first period of time and
a second set of LPC filter coefficients is determined for a second period of time. The sets
of LPC filter coefficients are preferably derived from an encoded representation of said
35 LPC filter coefficients, which is included in the bitstream. The first period of time is
preferably at or before the beginning of the current TCX-encoded frame (or sub-frame),
and the second period of time is preferably at or after the end of the TCX encoded frame or



combi nations inside the so called Iinear prediction domain codec. In the
cont ext a frequency donmein coded frame it i o know
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which is represented by an LPD SEQUEN 8 However, the exact structure
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9.3.1 Fi l 1g?rbc§re1 Clnésgthégécg%‘ ch i ng-1 MDCT The anal ytical expression of the

IMDCT is: --1 2 v-122 TC(1 = - Lspec[i][k]cos(--(1+ no) k +--)) for O n <
N N krs02 . _ t
| LTS o SN TR A

en
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10 computed as follows:

1|:k

2
X, [k)= Z x[nle’

with

x,[n]= Wnle ™" if0<n<Ipc_order+1

0 iflpc order+1<n<M
15
where W[n], n=0...Ipc _order +1, are the coefficients of the weighted LPC filter given
by:
20 W(z)=A(z/y,) withy, =0.92

In other words, a time domain response of an LPC filter, represented by values w[n], with

n between 0 and Ipc_order — 1, is transformed into the spectral domain, to obtain spectral
25 coefficients Xo[k]. The time domain response w[n] of the LPC filter may be derived from,

the time domain coefficients a; to a;¢ describing the Linear Prediction Coding filter.

Gains g[k] can be calculated from the spectral representation Xy[k] of the LPC coefficients

(for example, a; to a16) according to the following equation:
30

1
glk]= XX YV ke{0,.,M-1}



Atick mark (RI) in a given table cell of the table of Fig. 17a or 17b
i ndi cat e%gb%h/(ﬂz 4ndow 5 sequence listed in that parti %ﬂlrﬁfpzﬁlg%m be
um.

fol | oned a W'ndow sequence listed in that particular co

Meani ngf ul bl ock transitions of a firstygnbodinent are listed in Fig. 17a.
Meani ngful bl ock transitions of an additional enbodinment are listed in the
table of Fig. 17d. Additional block 10 transitions in the enbodi nent
according to Fig. 17b will be explained separately below. 9.3.2 Filterbank
and Bl ock Sw tching - Wndow ng and Bl ock Swi tching Dependi ng on the

bi t st rean%v}(%g ] ené tﬂé){l 1%!)&'5?%5 c]cis in V\./hIC ég@&%\&:@ &%%%ge[ %‘pgj#%? ndow_shape”

el enment di ranst orm WA t he w ndow
haI ves described as follows offers aI I possi bl e wi ndow sequences. For

"w ndow_shape” - 1, the wi ndow coefficients are given by the Kai ser -
Bessel derived (KBD) w ndow as follows: 20 wKBD LEFT N ( [92 ,

[WL( 13, 4 Pahseauandyy ayecopsirugtefl speqhrumy 2391, 1380rrlifispobtaiygddn epmc@ne orNtl(en) =

calculated gains g[k] (also designated as linear prediction mode gain values). For example,
a gain value g[k] may be associated with a spectral coefficient 1230d, 1376, r[i].
Alternatively, a plurality of gain values may be associated with a spectral coefficient

10 1230d, 1376, r[i]. A weighting coefficient a[i] may be derived from one or more gain
values g[k], or the weighting coefficient a[i] may even be identical to a gain value g[k] in
some embodiments. Consequently, a weighting coefficient a[i] may be multiplied with an
associated spectral value r[i], to determine a contribution of the spectral coefficient 1]i] to
the spectrally shaped spectral coefficient rr[i].

15

For example, the following equation may hold:
rr[i] = g[k] - rfi].
20  However, different relationships may also be used.

In the above, the variable k is equal to 1/(1g/64) to take into consideration the fact that the
LPC spectrums are decimated. The reconstructed spectrum rr[] is fed into an inverse
MDCT 1230g, 1382. When performing the inverse MDCT, which will be described in

25  detail below, the reconstructed spectrum values rr[i] serve as the time-frequency values X
k, or as the time-frequency values spec[i][k]. The following relationship may hold:

Xi x = rrik]; or
30 spec[i][k] = rr[k].

It should be pointed out here that in the above discussion of the spectrum processing in the
TCX branch, the variable i is a frequency index. In contrast, in the discussion of the
MDCT filter bank and the block switching, the variable i is a window index. A man skilled

35 in the art will easily recognize from the context whether the variable i is a frequency index
or a window index.
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Also, it should be noted that a window index may be equivalent to a frame index, if an

audio frame comprises only one window. If a frame comprises multiple windows, which is

the case sometimes, there may be multiple window index values per frame.

The non-windowed output signal x[] is rescaled by the gain g, obtained by an inverse
quantization of the decoded global gain index (“global_gain™):

10 global _gain/ 28

2-rms

Where rms is calculated as:

rms =

The rescaled synthesized time-domain signal is then equal to:
x,[n] = x{n]- g

After rescaling, the windowing and overlap-add is applied. The windowing may be
performed using a window W(n) as described above and taking into account the
windowing parameters shown in Fig. 15. Accordingly, a windowed time domain signal
representation z; , is obtained as:

Zi n = Xy[n] - W(n).

In the following, a concept will be described which is helpful if there are both TCX
encoded audio frames (or audio subframes) and ACELP encoded audio frames (or audio
subframes). Also, it should be noted that the LPC filter coefficients, which are transmitted
for TCX-encoded frames or subframes means some embodiments will be applied in order
to initialize the ACELP decoding.

Note also that the length of the TCX synthesis is given by the TCX frame length (without
the overlap): 256, 512 or 1024 samples for the mod[] of 1,2 or 3 respectively.



where: W, Kaiser - Bessel kernel w dow function, see also [5], is defined
as foll 0"@620}/}%4%)6}1/ 042464PCT/ EP2010/ 064917 56 5 (1\58T}]EQ’%(1})/OE49|1:'7 k=0

51

Afterwards, the following notation is adopted: x[] designates the output of the inverse
modified discrete cosine transform, z[] the decoded windowed signal in the time domain

and out[] the synthesized time domain signal.

5 The output of the inverse modified discrete cosine transform is then rescaled and
windowed as follows:

z[n]=x[n] -wn]-g;VO<n< N
10
N corresponds to the MDCT window size, i.e. N=2Ig.

When the previous coding mode was either FD mode or MDCT based TCX, a
conventional overlap and add is applied between the current decoded windowed signal z; ,

15  and the previous decoded windowed signal z;.; , , where the index i counts the number of
already decoded MDCT windows. The final time domain synthesis out is obtained by the
following formulas.

In case z;.; , comes from FD mode:

20
(z V0 < <N* —£
=Ly’ - 4 2
outli,, +nl=3z v, +z 5, ;\fN——Z—JL—Sn<NJ+£
i, 4—:n i—1; 2—'“ 4 4
AL T 4 2 2

25 N [ is the size of the window sequence coming from FD mode. i out indexes the output

buffer out and is incremented by the number N4—Z + N_R of written samples.

In case z;.; , comes from MDCT based TCX:

30



a = kernel w ndow al pha factor, a = 4 for N = 2048 (1920) 6 for N = 256

(240) O for "w ndow shape" == 0, a sine w ndo
fol | ows: ‘%f\%%g%ﬁ LEFT , N(n) = sin( - (n + -))for gcg&l’gm“ﬁ?éﬁgz VS N
RIGHT , N(n) = sin(-71-(n + -1))for - g9 <N N 22 The window | ength N can be
2048 (1920) or 256 (240) for the KBD and the sine w ndow. 15 How to obtain
t he possi bl e w ndo ssequepges, i s explaj,ned in the parts a) e) of this
subcl ause. For all k| g Ofi- w\#ﬁ ’W sequences the variable "w ndow shape" of
the left badf, efn]tRe first 20 triggrsi or§renvm ndow i s determ ned by the w ndow
shape of the previqus, bl ok vk scribed by the variable
"W ndow_shape_pr evi ou:s'z‘b’l ock". The Zol | ow ng formula expresses this fact:
WKBD LEFT ,N(n), if "w ndow _shape _previous _block" WSIN LEF T ,NTA
i f "w ndow _shape _previous _block" ==

N is the size of the previous MDCT window. i_out indexes the output buffer our and is

incremented by the number (N + L — R)/2 of written samples.

In the following, some possibilities will be described to reduce artifacts at a transition from

a frame or sub-frame encoded in the ACELP mode to a frame or sub-frame encoded in the

MDCT-based TCX mode. However, it should be noted that different approaches may also
10 be used.

In the following, a first approach will be briefly described. When coming from ACELP, a
specific window cane be used for the next TCX by means of reducing R to 0, and then
eliminating overlapping region between the two subsequent frames.
15
In the following, a second approach will be briefly described (as it is described in USAC
WDS5 and earlier). When coming from ACELP, the next TCX window is enlarged by
means of increasing M (middle length) by 128 samples. At decoder the right part of
window, i.e. the first R non-zero decoded samples are simply discarded and replaced by
20 the decoded ACELP samples.

The reconstructed synthesis owut/i,+n] is then filtered through the pre-emphasis filter
(1-0.68z7"). The resulting pre-emphasized synthesis is then filtered by the analysis filter

A(z) in order to obtain the excitation signal. The calculated excitation updates the ACELP

25 adaptive codebook and allows switching from TCX to ACELP in a subsequent frame. The
analysis filter coefficients are interpolated in a subframe basis.

30 9. Details Regarding the Filterbank and Block Switching

In the following, details regarding the inverse modified discrete cosine transform and the
block switching, i.e. the overlap-and-add performed between subsequent frames or
subframes, will be described in more detail. It should be noted that the inverse modified
35  discrete cosine transform described in the following can be applied both for audio frames



25W LEFT , N(n) = ~ Where: WO 2011/042464PCT/ EP2010/ 064917 57
W ndow_l.}k,g%lﬂlz4 A 9us_b| ock" is a variable, which is eg??}.Ef%(?lO}OE&l?:or e

bitstreamvari e "w ndow shape" of the previous bl ock
first raw data bl ock "raw data_bl ock()"ssto be decoded, the variable 5
"w ndow_shape" of the left and right half of the wi ndow are identical. In

case the previous, bl.ock was, coded i ng.LPD node, . .
"W ndow_sﬁﬁﬁée_%netb? ér&ggedﬁcwvem%mg@for agdig rappes B apfiosup RS SERIERIER thehe
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to one w fndow ! NDOW: with a total w nd | ength N, .1 of
152048 ( 1450 ﬂffotﬁxﬁﬁ%%%ééﬁ?é% R b iR mate S s B yefiL n e
" ONLY_L ONBlIsEQEENCHbulds bgynoted thas thothaos of 20progriatg BRTdows, in patichler alDthe < N
112 W KBRS omN #drh®tncddel iﬂ\lthjc/fre%uencgfgtl}loée to a subsequent frame encoded in

the TCX mode, or vice versa, allows to have a time-domain aliasing cancellation, such that
transitions with low or no aliasing can be obtained without the bitrate overhead.

9.1.  Filterbank and Block Switching —Description

10
The time/frequency representation of the signal (for example, the time-frequency
representation 1158, 1230f, 1352, 1380) is mapped onto the time domain by feeding it into
the filterbank module (for example, the module 1160, 1230g, 1354-1358-1394, 1382-1386-
1390-1394). This module consists of an inverse modified discrete cosine transform

15 (IMDCT), and a window and an overlap-add function. In order to adapt the time/frequency
resolution of the filterbank to the characteristics of the input signal, a block switching tool
is also adopted. N represents the window length, where N is a function of the bitstream
variable “window_sequence”. For each channel, the N/2 time-frequency values Xy are
transformed into the N time domain values x;, via the IMDCT. After applying the window

20  function, for each channel, the first half of the z;, sequence is added to the second half of
the previous block windowed sequence z;.;)n to reconstruct the output samples for each
channel out;,y,.

9.2.  Filterbank and Block Switching — Definitions

25

In the following , some definitions of bitstream variables will be given.

The bitstream variable “window_sequence” comprises two bits indicating which window
sequence (i.e. block size) is used. The bitstream variable “window_sequence” is typically
30  used for audio frames encoded in the frequency-domain.

Bitstream variable”window_shape™ comprises one bit indicating which window function is
selected.

35 The table of Fig. 16 shows the eleven window sequences (also designated as
window_sequences) based on the seven transform windows.
(ONLY_LONG_SEQUENCE,LONG_START SEQUENCE,EIGHT SHORT_ SEQUEN
CE, LONG_STOP_SEQUENCE, STOP_START_SEQUENCE).
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In other words, an audio frame encoded in the linear-prediction mode may comprise a
10  single TCX-encoded frame, a plurality of TCX-encoded subframes or a combination of
TCX-encoded subframes and ACELP-encoded subframes.

9.3.  Filterbank and Block Switching-Decoding Process

15 9.3.1 Filterbank and Block Switching-IMDCT

The analytical expression of the IMDCT is:

|=

-1

spec[i][k]cos(%”(n + no)(k + —i—)) for 0<n<N

b
i
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I
Z |~
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¢

20
where:
n = sample index
i = window index
k = spectral coefficient index
N = window length based on the window_ sequence value
nO = (N/2+1)/2
The synthesis window length N for the inverse transform is a function of the syntax
element “window_sequence” and the algorithmic context. It is defined as follows:
25

Window length 2048:




WKBD RIGHT ,N s(n 24 _4-4 0.0,for 3N_1,11.-Ns _<n <N 20 If

w ndow_s he wi ndow for wi ndow type "LONG STA NCE" ooks
i ke: REE%"W“ for 0 n<N 1/2 1.0,for N1 /2 < T}g%@?jﬁ %ﬁll]

3N 1 s) for 3N—1 N—s <n<-4- WSINRGHT N s(n+ 254- 0.0, for 3N—1+Ns
<n<N 1 4 - 25 The wi ndowed ti ne-domai n val ues can be calculated with the

formul a expl The w ndow sequence for
wi ndow_seque @@ﬁ @E@F%ms ei ght 30 overl apped and added
SHORT W N 2&4& hifd. ONGgS RART_SEQUEXBEE (240) each. The total length of the
wi ndow_sequenssy t ogeliReiT WidRT esaéb@EN@Ed follow ng zeros is 2048

2048, If LONG_STOP_SEQUENCE

2048, If STOP_START SEQUENCE

A tick mark (M) in a given table cell of the table of Fig. 17a or 17b indicates that a window
5 sequence listed in that particular row may be followed by a window sequence listed in that

particular column.
Meaningful block transitions of a first embodiment are listed in Fig. 17a. Meaningful block
transitions of an additional embodiment are listed in the table of Fig. 17d. Additional block

10  transitions in the embodiment according to Fig. 17b will be explained separately below.

9.3.2 Filterbank and Block Switching — Windowing and Block Switching

Depending on the bitstream variables (or elements) “window_sequence” and
15 “window_shape” element different transform windows are used. A combination of the

window halves described as follows offers all possible window sequences.

For “window_shape” == 1, the window coefficients are given by the Kaiser - Bessel

derived (KBD) window as follows:

20

3 7(p.e)]

p=0
N2

EO[W'(p,a)]

WKBD_LEFT,N(n)= for 0<n<—

N-n-1

Z[W'(P,a)]
N
WKBD_RIGHT,N(n)_ N2

Z[W'(p,a ]

p=0

for —<n<N

25

where:
W, Kaiser — Bessel kernel widow function, see also [5], is defined as follows:
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are wind tely first. The short bl ock nunber isg,i it h the
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i nfluences the first of the eight short56bl ocks 5 (W(n)) only. If

wi ndowshape == 1 the w ndow functions can be given as follows: {.. n<N sl2
WLEFT ,N _s(n),for 0 Wn) = W(n)50 <j-1 WKBD RIGHT ,N s(n), for Ns/2
n<KN s WKBD LEFT ,N s(n), for 0 n < Ns12 O herwi se, if wi ndowshape - 0,

t he wi ndow functions can be described as: WLEFT ,N _5(n),for 0 _< n<N s/2

W(n) =w" ,SINRI T m— ;7for Ns/2 n<N's W(n) { Wsal - LEFT AT 5
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wi ndowed f"iﬁ‘ea)dﬁnerrrr—vaj—pgw—is described as f@llows: o,for 0 < n <
N 1-Ns XN 1I-N s 0

k 2
X
o

) 4 for N = 2048 (1920)
o = kemel window alpha factor, o =
6 forN = 256 (240)

Otherwise, for “window_shape” == 0, a sine window is employed as follows:

. 1 N
10 Wsiw_ LeFT, MO sin(-(n+2)  for Osn<—
o7 N
WSIN_ RIGHT,N(H) = sm(;(n + 5—)) for 7 <n<N
The window length N can be 2048 (1920) or 256 (240) for the KBD and the sine window.
15

How to obtain the possible window sequences is explained in the parts a)-e) of this
subclause.

For all kinds of window sequences the variable “window_shape” of the left half of the first

20  transform window is determined by the window shape of the previous block which is
described by the variable “window_shape previous_block”. The following formula
expresses this fact:

Wesp Lerr (n),if "window shape _previous block" ==1

25 W,

1EFT N \P?

( )= {WS,N_ LEFT N (n),if "“window shape previous block" == 0

where:
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“window_shape previous block” is a variable, which is equal to the bitstream variable
“window_shape” of the previous block (i-1).

For the first raw data block “raw_data block()” to be decoded, the variable
“window_shape” of the left and right half of the window are identical.

In case the previous block was coded using LPD mode, “window_shape_previous_block”
is set to 0.

a) ONLY_LONG_SEQUENCE:

The window sequence designated by window_sequence == ONLY_LONG_SEQUENCE
is equal to one window of type ,LONG_WINDOW* with a total window length N _[ of

2048 (1920).

For window_shape == 1 the window for variable value ,,ONLY LONG_SEQUENCE* is

given as follows:

W(n) — WLEFT,N_l(n)a for 0<n<N [/2
WKBD_RJGHT,NJ(”), for N 1/2<n<N_/

If window_shape == 0 the window for variable value “ONLY_LONG_SEQUENCE” can
be described as follows:

/f— (n), for 0<n<N _[/2
W(n) = WSIN_RJGHT,NJ (n)’ for N_l/2 <n< N_Z

After windowing, the time domain values (z;,) can be expressed as:

=w(n)- X ,,

_S



60 d) LONG STOP_SEQUENCE
W ndow s |, GHT _SHORT _SEQUENCE" or
to a5 e‘%%f "“E "ONLY LONG SEQUENCE" .

sequence i s not an LPD_SEQUENCE: Wndovgl

§

Thi s wi ndow_sequence is needed to switch froma

a w ndow type ITMIE&J%NQE back

I n case the pre ious
ength N _land N _s is set to 2048

(1920) and 256 (240) respectlvel y 10 I'n case the previous w ndow sequence
Is an LP A]i“‘ g?& land N s is set to 2048 (1920) and
512 (480) respec*t velry- W n ow shape - 1 the window for w ndow type

" LONG_STOP_SEQUENCE"
Tae Minasv 44 type “NONGNEBARR<SEQUENGE” dhnlberushd to @hifin aACEFEGIN s(n

N_ 41- N—Saverl:cltpo and

1-N_s <

5

10

is given as follows: 15 NJ-Ns for O<n< 4 for N

add for a Dblock transition from a window of type
“ONLY_LONG_SEQUENCE” to any block with a low-overlap (short window slope)
window half on the left (EIGHT_SHORT_SEQUENCE, LONG_STOP_SEQUENCE,
STOP_START _SEQUENCE or LPD_SEQUENCE).

In case the following window sequence is not a window of type “LPD _SEQUENCE™:
Window length N [and N _ sis set to 2048 (1920) and 256 (240) respectively.

In case the following window sequence is a window of type “LPD SEQUENCE":
Window length N 7and N _sis set to 2048 (1920) and 512 (480) respectively.

15 If window_shape ==

given as follows:

~

Wigrrn (n),

1.0,
N_s 3N_I-N_s
Wisp ricur v s(h+=5——=37),

0.0,

w(n)

20 If window_shap

looks like:

rWLEFT,NJ("’Z)’

10,

w(n)

0.0,

.

25

¢) EIGHT _SHORT

N_s 3N_I-N_s
W?IN_RIGHT,N_s(n+ =)

1 the window for window type “LONG_START SEQUENCE” is

for 0<n<N 1/2

for N_l/2<n< W

for ziv——i}ﬂ—sSn<N__l

3N_ l+N s

== ( the window for window type “LONG_START SEQUENCE”

for 0<n<N _[/2
for N_l/2£n<w
fOI' 3N_l4—N_s< 3N I+N s

n <=2
/
for 2L <n<N_/

The windowed time-domain values can be calculated with the formula explained in a).

The window sequence for window_sequence == EIGHT SHORT comprises eight

30

total length of the window_sequence together

overlapped and added SHORT WINDOWSs with a length N s of 256 (240) each. The

with leading and following zeros is 2048



WKBD RIGHT N i(n), , | f wi ndow_shape == 0 the wi ndow for

LONG_STA is determined by: for O<n< N 1-N_ F k (n
NJ- 4N _s) §8§W%< n<NI1+Ns 44 1.0, for NJ4N s <§ﬁ%@%f’£§‘wl§

WBI N_RIGHT, N_1(n), for N 112_.n<N 1 Thg windowed tine donain val ues can be
calculated with the fornmula explained in a). WO

2011/ 042464PCT/ EP2010/ 064917
(qu(%'.l' E‘!EElC 0% the eight short blocks are windowed separately first. The short block
number is indexed with the variable j =0,..., M -1 (M =N _[/N _s).

The window_shape of the previous block influences the first of the eight short blocks
5 (Wy(n)) only. If window_shape == 1 the window functions can be given as follows:

- Woerr (1), for 0<n<N_s/2
() = Wysp wurw (1), for N s/2<n<N_s

for0<n<N _s/2

W (n) = Wisp_rzrrv_s(M); 0<j<M-1
J Wisp ricurn o), for N s/2<n<N s’
10
Otherwise, if window_shape == 0, the window functions can be described as:
W (n) = Woerrn (1), for0<n<N _s/2
W(n) =
Wen werry (M), for N_s/2<n<N_s
w. n), for0<n<N s/2
Wj(n)z SIN‘LEFT,N_.;( ) _s/ < j<M-1
s Wsw wonr (7)), for N_s/2<n<N_s
The overlap and add between the EIGHT _SHORT window_sequence resulting in the
windowed time domain values z;,, is described as follows:
( u—
0, : for0<m< M;g——i
N_I-N N_I-N N _I+N_s
X it Wo(n—==5—=), for =—/—=<n<—=7—=
N_I+(2j-3)N_s N_1+(2j-1)N_s
xj_l’n_N_I+(2£—3)<N_x : I/Vj_l (n - "_‘4—“") + xj,n— N_I+(2£—1)N_x ) I/Vj(ﬂ - _—Z——)g
_ . N_I+(2j-DN_s N_I+(2j+1)N_s
20 Zin = for1<j<M, ) <n< /
N_I+(2M=-3)N _s
X N . s " W _ n————
M_l’n_NJ (27 3)N M 1( 4 )9
for N_I+(21:I—1)N_s <n< N_I+(2]:I+1)N_s
0, for iv—-ii—(zéliw——’ <n<N_|
L




61 e) STOP_START_SEQLUENCE: The wi ndow type "STOP_START_SEQUENCE" can be
used to B&b%ﬂéﬁz&grrect overlap and add for a bl ock ”%Q?EIP%H{OE‘W“ any

bl ock wi w-overl ap (short wi ndow sl ope) 5 w ndow eright to
any block with a | ow overlap (short w ndow sl ope) w ndow half on the Ieft
and if a single long transformis desired for the current frame. In case

the foll o mggsﬁga s not an LPD SEQUENCE: Wndow length N 1
and N sr lsv\@f-to W and 256 (240) respectively. 10 In case the
fol l owi ngrvm ndow sequence i s an LPD SEQUENCE: Wndow |l ength N 1 and N _sr
is set tolB®4gWintloposeadprres1ss ( Ageyed eé‘becﬁ"f@@l y fropy, @asé“{“llfé"’ pr¥GroITs

wi ndow seqIeRCE SHORD!SEQUERDESEQUENGENdd® lb%BdGMPIDe&EQUENCE’ aack No_al d| s
set t 2048 « gtively. In case the previous w ndow
seque ce ‘f"g}déwq}ffﬁ))@g& E@%&}ZM@% ngth Nl and N sl is set to 2048
(1920) and 512 (480) respectively. 20 If w ndow shape == 1 the w ndow for

W ndow ty%cageﬁ-ﬁ %T ﬁw%cé 8 o8l %?ﬂPﬁSSﬁ@UbEW 0.0,for 0 n <

N1-Nes indow len, h N _ Z and N _sis set to 2048 (1920) and 256 (240) respectively.

10 In case the previous window sequence is an LPD_SEQUENCE:
Window length N [and N _sis set to 2048 (1920) and 512 (480) respectively.

If window_shape == 1 the window for window type “LONG_STOP_SEQUENCE” is

given as follows:

15
(00, for 0<n <2Ehes
N_I-N_s N I-N s N_I+N_s
W(n):< I/VLEFT,N—_v(n— 4 )9 for —;4———S1'1< Z
10, for 257 <n<N_[/2
LWKBD_RIGHT,N__[(H)a for N_l /2<n< N_Z
If window_shape == 0 the window for LONG_START_SEQUENCE is determined by:
r0.0, for 0<n<N1Ns
NN N_I-N N_I+N
W(n) = I/VLEFT,N_s(n__=_'Zf-—:s-)s~ for — 3 =2 _<.Il<+{
2 10, for 2V <n< N /2
LWS‘IN_RIGHT,N_I(")» for N I[/2<n<N [

The windowed time domain values can be calculated with the formula explained in a).



, for N1-Nsl < n < N1+N-sl
N sr

N sr o+2‘§°2?“’°§ﬁ466 0,
" STOP_START SEQUENCE" | ooks | i ke:
0.0,for 05 n<N-1-Nsl 4

¢) STOP_START SEQUENCE:

) WLEFT, N sl V1-
3N 1- N srfor 3N-1-Nsr <n<3N-
25 I f wi ndow shape = 0 the w nd

444 1.0, ror

, N 1+N sl 3N 1-N

Gt OB ype

type

WO 2911/ 042464PCT/ EP2010/ 064917 62 Wn) =

The window type “STOP_START SEQUENCE” can be used to obtain a correct overlap
and add for a block transition from any block with a low-overlap (short window slope)

window half on the right to any block with a low-overlap (short window slope) window

half on the left and if a single long transform is desired for the current frame.

In case the following window sequence is not an LPD _SEQUENCE:

Window length N _[and N _ sris set to 2048 (1920) and 256 (240) respectively.

10
In case the following window sequence is an LPD_SEQUENCE:

Window length N _land N _sris set to 2048 (1920) and 512 (480) respectively.

In case the previous window sequence is not an LPD_SEQUENCE:
15

In case the previous window sequence is an LPD_SEQUENCE:

Window length N _[and N _ sl is set to 2048 (1920) and 256 (240) respectively.

Window length N _land N _ s/ is set to 2048 (1920) and 512 (480) respectively.

20 If window_shape ==

given as follows:

N

0.0, forO<m<

N _I-N_sl

for

N [-N sl
= = <n<

1 the window for window type “STOP_START_SEQUENCE” is

N_I-N_sl

4
N _I+N sl

WLEFT,N_sI (n— 1

N I+N sl
—_——<n

W(n) =1 1.0,
(n) 1

for

4

3N [-N sr
<2 _

4

3N _[-N_sr
= —<
4

N _sr for
2

0.0,

_3N_I-N_sr
4

W,

KBD_RIGHT N _sr (n+

)
for

4

25 If window_shape ==

like:

3N _I+N_sr

3N [+N sr
< —4 =

<n<N _1

0 the window for window type “STOP_START_ SEQUENCE” looks



, N1-N sl for N1-N-s1 <n<N-1+N-sl WEFT,N _siV1l-- ), 444 1.0,for
N-1+N- sl <Sps N-sr 44 f N _sr 3N 1-N srfor 3N/ -Ns < -1+N -sr
WSl N _R &@Zﬁﬁ%@ﬁ%+ _),44 2470.0,for 3N-1+N-sr_n<N 1 45’CT’ﬂ}2°ﬂf§%}§6%}%domd
ti me-dormai n val ues can be cal cul ated with the fornmula explained in a).
9.3.3 Filterbank and Bl ock Switching - erl apping and Adding wi th Previous
W ndow 5 Sequepnce Besides the overlap and add within tl&elElAg{l}_SHO?T

wi ndow sequencle the first (beft) part of every wiondew segience’(or of every
frame or subfriane) is overl apped and added with the second {right) part of
the previous w ndowgsequepceN(drMhe, previous f¥akeMars! 10, sibf iMan#)
resulting in the fin&d™tme donmai n v%il ues outi,. The mat hemati c 4£xpression
for thisd%pera i on can be described as foll ows.y | ncgsepf 3N I-N s»r

ONLY_LONGYSBQUENCE, LONG STARE: SEQUENCE, foErGHT, SRORT” < 1
SEQUENCE, LONG _[STOP_SEQUENCE, WOIN s 3N N s
N _sr 3N _I-N_sr for —= =" <n< =
WSIN_RIGHT,N_sr(n+ - 1 )s 4 4
0.0, for NN N

4

The windowed time-domain values can be calculated with the formula explained in a).

9.3.3 Filterbank and Block Switching — Overlapping and Adding with Previous Window
5  Sequence '

Besides the overlap and add within the EIGHT SHORT window sequence the first (left)
part of every window sequence (or of every frame or subframe) is overlapped and added
with the second (right) part of the previous window sequence (or the previous frame or
10 subframe) resulting in the final time domain values out,,. The mathematic expression for

this operation can be described as follows.

In case of ONLY LONG SEQUENCE, LONG START SEQUENCE,
EIGHT SHORT SEQUENCE, LONG_STOP_SEQUENCE,
15 STOP_START SEQUENCE:

out,,=z,,+z ,; for 0<n< —];l, N =2048 (1920)

i-l,n+—
2

The above equation for the overlap-and-add between audio frames encoded in the
20 frequency-domain mode may also be used for the overlap-and-add of time-domain

representations of the audio frames encoded in different modes.

Alternatively, the overlap-and-add may be defined as follows:
25
In case of ONLY_LONG _SEQUENCE, LONG START SEQUENCE,
EIGHT SHORT SEQUENCE, LONG_STOP_SEQUENCE,
STOP_START SEQUENCE:



15 STOP START SEQUENCE: outo,=z+ z N; for O n < -N, N 2048 (1920) 2 The
above eq t he overl ap-and- add bet ween audio fr in the
SRolPDukgfes BT Rr AN aks

20 frequ nal’n node may al so be used for the overl
ti me-dormai n representations of the audig frames encoded in different nodes.
Al ternatively, the overl ap-and-add may be defined as follows: 25

| ncaseof ONL CE, G ST,ART SEQUENCE, El GHT_SHORT _SEQUENCE,
LONG_ STCPO@Eﬁ EE%ST% QUENCE: WO 2011/ 042464PCT/ EP2010/ 064917
63 Qut[iou, + n] =Z,, + Z VOn < N 1 is the size of the w ndow sequence.

| _out indexes the output buffer out and is increnented by the nunber N-L of

written sginpb € siz f thowiride SéﬁudrED ISEAAUHNGES theroutpue biifiéd cmendis a first
approach will be described whi may be used to reduce aliasing artifacts.
When commqemmmn@numb@peghﬁwmm&ﬁe be used for the next TCX by
10 means of reducing Rto O d then elimnating overl apping region
betweeén the two subsequent frames. In the follow ng, a second approach wll

be descri i N¢ged to reduce aliasing artifacts (as it is
descri bedR CQS%AW ﬁg earlier). Wen coming from

In the following, a first approach will be described which may be used to reduce aliasing
artifacts. When coming from ACELP, a specific window cane be used for the next TCX by

10  means of reducing R to 0, and then eliminating overlapping region between the two
subsequent frames.

In the following, a second approach will be described which may be used to reduce
aliasing artifacts (as it is described in USAC WD5 and earlier). When coming from

15  ACELP, the next TCX window is enlarged by means of increasing M (middle length) by
128 samples and by also increasing a number of MDCT coefficients associated with the
TCX window. At the decoder, the right part of window, i.e. the first R non-zero decoded
samples are simply discarded and replaced by the decoded ACELP samples. In other
words, by providing additional MDCT coefficients (for example, 1152 instead of 1024),

20  aliasing artifacts are reduced. Worded differently, by providing extra MDCT coefficients
(such that the number of MDCT coefficients is larger than half of the number of time
domain samples per audio frame), an aliasing-free portion of the time-domain
representation can be obtained, which eliminates the need for a dedicated aliasing

cancellation at the cost of a non-critical sampling of the spectrum.

25
Otherwise, when the previous decoded windowed signal z;.; , comes from the MDCT based
TCX, a conventional overlap and add is performed for getting the final time signal out. The
overlap and add can be expressed by the following formula when FD mode window
sequence is a LONG_START SEQUENCE or an EIGHT _SHORT_SEQUENCE:

30

N &
Zyins TZ anws ;VO<n<—=
j————="4n -l =y 2

+n]= ! S
o N s N I+N s
ZN[—Ns ;v — << —— =
i’__;_Z;+n 2 4

out[i




I15 ACELP, the next TCX wi ndow is enlarged by neans of increasing M (mddle
engt h) | es and by al so increasing a nunber fficients
associ at Bﬁo\azmgf%oﬁ?ﬁg TCX wi ndow. At the decoder, the ri g%&Tmo@?&\}j ndow,
i.e. the first R non-zero decoded sarrpl6g's are sinply discarded and repl aced
by the decoded ACELP sanples. In other words, by providing additional NDCT
coefficients (for exanple, 1152 instead of 1024), 20 aliasing artifacts are
reduced. Morcquasnongs wytbasizy 2Ignf the previvus iyirday apnliodin MHAFT basednteX (such

that the npjhgdexes tI¥ulpid @aftbi Girand & insrehirtr@e by tthasudigdrfof g t-har punber  of

time domain sanpl es per _audig.fra an aliasing-free +Qqn of

time- dona‘i"ﬂm?‘b%%ég“egnmf/ 26 O‘blgll?e 58{11%%‘{’ g\eﬁéﬁfe %ﬁl@% péqvil%sﬁ\g{)g;ﬁ{aﬁ%é F{QSS for a
dedi cat eddedined &i thg tatdeofFigats.on at the cost of a non-critical sanpling of

t he sgectrum 25 O herw se, when the previous decoded w ndowed signal

zi _i," comes fromthe MDCT based TCX, a conventional overlap and add is

per f or nedfdrarSTeR tSTART HEEQURNICE thaevedaprid addbetwrgas FvmplapndMdP@Hd can be
expr essed,Ry4 rh& fqhd gmotg\g%% Sfgidsgpwhen FD node wi ndow sequence is a
LONG_START_SEQUENCE or an EI GHT_SHORT_SEQUENCE: 30 out[iout + n Ns zN _1-4N
+nl, + Zs ;VO0On<-4+n2 NsNI + Ns V<n< N1-4Ns +n 9 24 WO

2011/ 042464PCT/ EP2010/ 064917 64

10
N _sl
Z[ N_I-N_sl + Z[ 1 3N, ~2-N_sl | ,VO <n< 5
. > 4 s =4 4 i
Ol * 1= N _sl N [I+N sl
Zi _]\i;li_ilwl;v = <n<——————=—

4

4

N..; corresponds to the size 2lg of the previous window applied in MDCT based TCX.

15 i out indexes the buffer our and is incremented by the number (N_[ + N_sl)/4 of written
samples N_sI/2 should be equal to the value L of the previous MDCT based TCX defined
in the table of Fig. 15.

20 10, Details Regarding the Computation of w[n]

In the following, some details regarding the computation of the linear-prediction-domain
gain values g[k] will be described to facilitate the understanding. Typically, a bitstream
representing the encoded audio content (encoded in the linear-prediction mode) comprises

25  encoded LPC filter coefficients. The encoded LPC filter coefficients may for example be
described by corresponding code words and may describe a linear prediction filter for
recovering the audio content. It should be noted that the number of sets of LPC filter
coefficients transmitted per LPC-encoded audio frame may vary. Indeed, the actual
number of sets of LPC filter coefficients which are encoded within the bitstream for an

30 audio frame encoded in the linear-prediction mode depends on the ACELP-TCX mode
combination of the audio frame (which is sometimes also designated as “superframe”).
This ACELP-TCX mode combination may be determined by a bitstream variable.
However, there are naturally also cases in which there is only one TCX mode available,
and there are also cases in which there is no ACELP mode available.

35



N,..1 corresponds to the size 21g of the previous w ndow applied in NMDCT
based TCX,, . t .| ndexes the output buffer out and is i t
nunber o&?rﬁf’ﬁmﬂsﬂgm of witten sanples. Ns/2 should bg(éi&%g&%@g”%e
L of the previous MDCT based TCX defin in the table of Fig. 15. For

STOP START SEQUENCE t he overlap and add between FD node and MDCT based TCX
as the follow ng expression: aqut[iota + n]= Z-1-4N-sl i, Ntn Z i -SL

n <N

10

15

20

235

30

hegpitsgream is typically parsed to extract the quantization indices corresponding to eac
of the sets LPC filter coefficients required by the ACELP TCX mode combination.

In a first processing step 1810, an inverse quantization of the LPC filter is performed. It
should be noted that the LPC filters (i.e. the sets of LPC filter coefficients, for example, a;
to aj¢) are quantized using the line spectral frequency (LSF) representation (which is an
encoding representation of the LPC filter coefficients). In the first processing step 1810,

inverse quantized line spectral frequencies (LSF) are derived from the encoded indices.

For this purpose, a first stage approximation may be computed and an optional algebraic
vector quantized (AVQ) refinement may be calculated. The inverse-quantized line spectral
frequencies may be reconstructed by adding the first stage approximation and the inverse-
weighted AVQ contribution. The presence of the AVQ refinement may depend on the
actual quantization mode of the LPC filter.

The inverse-quantized line spectral frequencies vector, which may be derived from the
encoded representation of the LPC filter coefficients, is later on converted into a vector of
line-spectral pair parameters, then interpolated and converted again into LPC parameters.
The inverse quantization procedure, performed in the processing step 1810, results in a set
of LPC parameters in the line-spectral-frequency-domain. The line-spectral-frequencies are
then converted, in a processing step 1820, to the cosine domain, which is described by line-
spectral pairs. Accordingly, line-spectral pairs g; are obtained. For each frame or subframe,
the line-spectral pair coefficients q; (or an interpolated version thereof) are converted into
linear-prediction filter coefficients ay, which are used for synthesizing the reconstructed
signal in the frame or subframe. The conversion to the linear-prediction-domain is done as
follows. The coefficients fi; and fy5 may for example be derived using the following

recursive relation:

for i=1to 8
D) ==2qy,1GE-D+2/1(-2)
for j=i-1 down to 1
HD=AD=-295, /G -D+ /1 -2)
end
end

with initial values f1(0) = 1 and fi1(-1) = 0. The coefficients f,(i) are computed similarly by
replacing ga;-1 by qai.

he
val ue
a

VO <



-1-n,

.1-n NI-Nsl -- +n'1, Nsl 4 N1 + N sl 'V 2 4 4

10

15

20

25

30

WO 2011/042464 PCT/EP2010/064917
66

Once the coefficients of f1(i) and f3(i) are found, coefficients £,°(i) and F>’(i) are computed
according to

A0 =0+ A0-D, i=1..8
fé(l)=f2(l)_f2(l_l)a i=1:-'-:8

Finally, the LP coefficients a; are computed from f”;(i) and f,(7) by

_ [055G)+0.5£5(0), i=1..8
T 05407 -D)-0.571517-1), i=9,.16

i

To summarize, the derivation of the LPC coefficients a; from the line-spectral pair
coefficients q; is performed using processing steps 1830, 1840, 1850, as explained above.

The coefficients w[n], n=0...lpc_order-1, which are coefficients of a weighted LPC filter,
are obtained in a processing step 1860. When deriving the coefficients W[n] from the
coefficients a;, it is considered that the coefficients a; are time-domain coefficients of a
filter having filter characteristics A[z], and that the coefficients W[n] are time-domain
coefficients of a filter having frequency-domain response W[z]. Also, it is considered that
the following relationship holds:

W(z)=A(z/y,) withy, =092

In view of the above, it can be seen that the coefficients W[n] can easily be derived from
the encoded LPC filter coefficients, which are represented, for example, by respective
indices in the bitstream.

It should also be noted that the derivation of x,[n], which is performed in the processing
step 1870 has been discussed above. Similarly, the computation of Xy[k] has been
discussed above. Similarly, the computation of the linear-prediction-domain gain values
g[k], which is performed in step 1890, has been discussed above.

11, Alternative Solution for the Spectral-Shaping
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conventionally applied before an audio frame encoded in the linear-prediction-domain.

Thus, conventionally, there is no possibility to directly transition from a frequency-domain
encoded audio frame, to which a window having a comparatively long right-sided slope is
applied, to an audio frame encoded in the linear-prediction mode. This is due to the fact
that conventionally, there are serious problems caused by the long time-domain aliasing
35 portion of a frequency-domain encoded audio frame to which a window having a
comparatively long right-sided transition slope is applied. As can be seen from Fig. 17a, it
is conventionally not possible to transition from an audio frame to which the window type
“only_long_sequence” is associated, or from an audio frame to which the window type
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Al sprediction snoderstirtifrme dongtrises a single TCX frame (i.e., is not sub- d1v1ded into
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TCX subframes). Consequently, as much as 1024 MDCT coefficients are included in the
bitstream, in an encoded form, for the linear-prediction mode start frame. In other words,
the number of MDCT coefficients associated to a linear-prediction start frame is identical
to the number of MDCT coefficients associated to the frequency-domain encoded audio
frame to which a window of window type “only_long sequence” is associated.
Additionally, the window associated to the linear-prediction mode start frame may be of
the window type “LONG_START_SEQUENCE”. Thus, the linear-prediction mode start
frame may be very similar to the frequency-domain encoded frame to which a window of
type “long_start sequence” is associated. However, the linear-prediction mode start frame
differs from such a frequency-domain encoded audio frame in that the spectral-shaping is
performed in dependence on the linear-prediction domain gain values, rather than in
dependence on scale factor values. Thus, encoded linear-prediction-coding filter
coefficients are included in the bitstream for the linear-prediction-mode start frame.

As the inverse MDCT 1354, 1382 is applied in the same domain (as explained above) both
for an audio frame encoded in the frequency-domain mode and for an audio frame encoded
in the linear-prediction mode, a time-domain-aliasing-canceling overlap-and-add operation
with good time-aliasing-cancellation characteristics can be performed between a previous
audio frame encoded in the frequency-domain mode and having a comparatively long
right-sided transition slope (for example, of 1024 samples) and the linear-prediction mode
start frame having a comparatively long left-sided transition slope (for example, of 1024
samples), wherein the transition slopes are matched for time-aliasing cancellation. Thus,
the linear-prediction mode start frame is encoded in the linear-prediction mode (i.e. using
linear-prediction-coding filter coefficients) and comprises a significantly longer (for
example, at least by the factor of 2, or at least by the factor of 4, or at least by the factor of
8) left-sided transition slope than other linear-prediction mode encoded audio frames to
create additional transition possibilities.

are obtained in a processing step
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Fig. 17a, 1@24dangpdes. of type ' LO\IG_START_SEQJENCE a w ndow of type EI GHT

SHORT SEQUENCE", a wi ndow of type "STOP START SEQJENCE is 30

conventional ly appl i ed before an audio franme encoded in the
| i nea?s pr Adicanibsnsegnriailig. Fhudme-domansanmey fof, the medie frameroaisorreviged ity t o

di rgct | K @RS inhédfed ﬂl@dt%’éé dcorsﬁlglﬁ%ﬁ%nﬂﬁmm 1@3“’?(1:1%@ 48l Pof ﬂlhérﬁgdlozf?arﬁﬂ' ch a
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that convesien@titdel oh sdale fRt@s @ns ecalo Uactpr ohluedIEF o akis addibyfries 14129 1414,
time- don’alwr}]nc%l 8 entdded in the linear-prediction mode, the spectral-shaping is performed in
30  dependence on linear-prediction domain gain values which are derived from encoded
linear prediction coding filter coefficients. In any case, spectral values are provided by a

decoding (and, optionally, an inverse quantization).

13. Conclusion

35
To summarize, the embodiments according to the invention use an LPC-based noise-
shaping applied in frequency-domain for a switched audio coder.



35 portion of a frequency-domain encoded audio franme to which a w ndow
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the LPC coder MDCT in the same domain while still using the LPC for shaping the

quantization error in the MDCT domain. This brings along a number of advantages:

35
e [PC can still be used for switching to a speech-coder like ACELP.
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coeffici efhs iMWAGHvIBINEed LOIDL TSGANERFYe JOMRI Sh §AWlital R rdgemERGR or can be

30 transmitted on a transmission medium such as a wireless transmission medium or a wired

transmission medium such as the Internet.

Depending on certain implementation requirements, embodiments of the invention can be
implemented in hardware or in software. The implementation can be performed using a
35  digital storage medium, for example a floppy disk, a DVD, a Blue-Ray, a CD, a ROM, a
PROM, an EPROM, an EEPROM or a FLASH memory, having electronically readable
control signals stored thereon, which cooperate (or are capable of cooperating) with a



20 Apply a tinme-domain aliasing cancellation (TDAC) in different domains
(see, for reference [5]). The LPC filtering is insi de
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In other words, an embodiment of the inventive method is, therefore, a computer program

having a program code for performing one of the methods described herein, when the
éomputer program runs on a computer.
20
A further embodiment of the inventive methods is, therefore, a data carrier (or a digital
storage medium, or a computer-readable medium) comprising, recorded thereon, the
computer program for performing one of the methods described herein. The data carrier,
the digital storage medium or the recorded medium are typically tangible and/or non—
25  transitionary.

A further embodiment of the inventive method is, therefore, a data stream or a sequence of

signals representing the computer program for performing one of the methods described

herein. The data stream or the sequence of signals may for example be configured to be
30 transferred via a data communication connection, for example via the Internet.

A further embodiment comprises a processing means, for example a computer, or a
programmable logic device, configured to or adapted to perform one of the methods
described herein.

35
A further embodiment comprises a computer having installed thereon the computer
program for performing one of the methods described herein.
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20
a frequency-domain-to-time-domain converter (1160; 1230g) configured to obtain a
time-domain representation (1162; 1232; x; ,) of the audio content on the basis of a
spectrally-shaped set (1158; 1230f) of decoded spectral coefficients for a portion of
the audio content encoded in the linear-prediction mode, and to obtain a time-
25 domain representation (1162; 1232) of the audio content on the basis of a
spectrally-shaped set of decoded spectral coefficients for a portion of the audio

content encoded in the frequency-domain mode.

2. The multi-mode audio signal decoder according to claim 1, wherein the multi-mode

30 audio signal decoder further comprises an overlapper (1233) configured to overlap-

and-add a time-domain representation of a portion of the audio content encoded in

the linear-prediction mode with a portion of the audio content encoded in the
frequency-domain mode.

35 3. The multi-mode audio signal decoder according to claim 2, wherein the frequency-
domain-to-time-domain converter (1160; 1230g) is configured to obtain a time-
domain representation of the audio content for a portion (1412; 1414) of the audio
content encoded in the linear-prediction mode using a lapped transform, and to
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4. The mul ti-node audi o signal decoder according to claim3, wherein the
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apply lapped #Befeianht obvalaphert He s@ffguterdartsf overlapyqnd-dddr tlabttherdogain
time-domain represe tio dIO dio
cont eﬂ? encodegfspresergméi nesr(geif]u %ﬁqugrﬁé) nodes: ot %cgﬂtﬂ% nf%b&)e 41&93% gﬂj
configured to theembdgs sush- thdd att&me-tdpmmd@lmmg capsed @prtbsémmdl tnaresﬁn'fn 1s
subsequent por {44088 Helinlifad@di o content encoded in different of the nodes
such that a tine-domain aliasing caused by the |apped transformis reduced
or elimnated. 5. The nmulti-node audi o signal decoder according to claim4,

wherei n tBe oVEh¢ aRPRinoddQuili® sﬁgnat ugdweldadc@rcmygefol A@napOwinateinahavb vetippet
time-gomain representation o aaréfs g"ﬁi—? a(ﬂiﬂgﬁ .of the %ll,fldOC ttnt
encodtd in a f T SRTBReS Oxgrsenskadh 4 Hiiday i dorhed arnr g phg s
transform or portiangl4 14) e tiscaidia céntentspeatedah layfinsnoli the anddesl av provided by

R Lt

version thereof, and a wmdowed time-domain representation of a second

subsequent portion (1416) of the audio content encoded in a second of the modes,
25 as provided by an associated lapped transform, or an amplitude-scaled but
spectrally undistorted version thereof.

6. The multi-mode audio signal decoder according to one of claim 1 to 5, wherein the
frequency-domain-to-time-domain converter (1160; 1230g) is configured to
30 provide time-domain representations of portions (1410, 1412, 1414, 1416) of the
audio content encoded in different of the modes such that the provided time-domain
representations are in a same domain in that they are linearly combinable without
applying a signal shaping filtering operation, except for a windowing transition
operation, to one or both of the provided time-domain representations.
35
7. The multi-mode audio signal decoder according to one of claims 1 to 6, wherein the
frequency-domain-to-time-domain converter (1160; 1230g) is configured to
perform an inverse modified discrete cosine transform, to obtain, as a result of the
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| i near - pr edi ct pertios odihsgulio qoatent eraofipd ingthe Singaatpredictigngnodm t he basis of an

10encoded representation of the linear-prediction-coding filter

coefficients for._a porti.on of the audi o content encoded in the )
| i near - predi ct ?@ﬁteﬁﬁ?Fé,%1C15n?W4Wé1m€bégﬁg i pfigpred fQ fgpsherm thexdrsegedipgar-gur ed
to transform t prdittiopdedingi srsficiens U260d; an- ©Od|NJInwOLTdpectia NeprebdtHeh, al

to al into a t epresentation. 15(1260f ;.. Xo[ k in order t bt ain
i nea?3 pr edi ct poiﬁﬁﬁogg{ké%l \?5‘%%@) (08%‘3] ?ﬁgg@g@ﬁlgﬁg&r&&dphg%ﬁy P%Snt(g[k%
frequenci es; associated gdthediffachofreqiebeiest nat or (1260a) configured to obtain

decoded scal e factor values (1260f) on the basis of an encoded

representation (1254) of the scale factor. values 20for a portion of the
audi o cont ent BnebYEEtor felgrmingtnn dhndpatiennhiehredda ebtain decoded scale factor values

(1260f) on the basis of an encoded representation (1254) of the scale factor values
20 for a portion of the audio content encoded in a frequency-domain mode;

wherein the spectrum processor (1150; 1230e) comprises a spectrum modifier
configured to combine a set (1132; 1230d; r[i]) of decoded spectral coefficients
associated to a portion of the audio content encoded in the linear-prediction mode,

25 or a pre-processed version thereof, with the linear-prediction-mode gain values
(g[k]), in order to obtain a gain-processed version (1158; 1230f; rr[i]) of the
decoded spectral coefficients, in which contributions of the decoded spectral
coefficients (1130; 1230d; 1[i]), or of the pre-processed version thereof, are
weighted in dependence on the linear-prediction-mode gain values (g[k]), and also

30 configured to combine a set (1132; 1230d; x_ac_invquant) of decoded spectral
coefficients associated to a portion of the audio content encoded in the frequency-
domain mode, or a pre-processed version thereof, with the scale factor values
(1260b,), in order to obtain a scale-factor-processed version (x rescal) of the
decoded spectral coefficients (x_ac_invquant) in which contributions of the

3S decoded spectral coefficients, or of the pre-processed version thereof, are weighted
in dependence on the scale factor values.
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25 the given decoded spectral coefficient (r[i]), or a such that a weighting of a

contribution of a given decoded spectral coefficient (r[i]), or of a pre-processed
version thereof, to a gain-processed version (rr[i]) of the given spectral coefficient
decreases with increasing magnitude of an associated spectral coefficient (Xy[k]) of
a spectral representation of the decoded linear-prediction-coding filter coefficients.

30
12.  The multi-mode audio signal decoder according to one of claims 1 to 11, wherein
the spectral value determinator (1130; 1230a, 1230c) is configured to apply an
inverse quantization to decoded quantized spectral coefficients, in order to obtain
decoded and inversely quantized spectral coefficients (1132; 1230d); and
35

wherein the spectrum processor (1230e) is configured to perform a quantization
noise shaping by adjusting an effective quantization step for a given decoded



25 the given decoded spectral coefficient (r[i]), or a such that a

wei ghti ngy8f0f,@eR,ri bution of a given decoded spectralPegﬁﬁ&&ﬁhgﬂﬁ7(r[i]),
or of a pre-processed version thereof, to a gain-processed version (rr[i])
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to obtain decoded and inversely quantized spectral coefficients (1132;
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node/ al gebr ai c- code-excited |inear-prediction node frane, 10wherein the
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claim 13, wherein t; ]
the basis of a spectrally shaped set of decoded spectral coefficients, and

20 to apply a start window having a comparatively long left-sided transition slope and
a comparatively short right-sided transition slope to the time-domain representation
of the linear-prediction mode start frame.

14.  The multi-mode audio signal decoder according to claim 13, wherein the audio

25 signal decoder is configured to overlap a right-sided portion of a time-domain
representation of a frequency-domain mode frame (1410) preceding the linear

prediction mode start frame (1412) with a left-sided portion of a time-domain
representation of the linear-prediction mode start frame, to obtain a reduction or

cancellation of a time-domain aliasing.

30
15.  The multi-mode audio signal decoder according to claim 13 or claim 14, wherein
the audio signal decoder is configured to use linear-prediction domain parameters
associated with the linear-prediction mode start frame (1412) in order to initialize
an algebraic-code-excited linear prediction mode decoder for decoding at least a
35 portion of the combined linear-prediction mode/algebraic-code-excited linear

prediction mode frame following the linear-prediction mode start frame.
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17. The multi-mode audio signal encoder according to claim 16, wherein the time-
domain-to-frequency-domain converter (120; 330a, 350a; 1030a) is configured to
convert a time-domain representation (110; 310; 1010) of an audio content in an
audio signal domain into a frequency-domain representation (122; 330b; 1030b) of
30 the audio content both for a portion of the audio content to be encoded in the linear-
prediction mode and for a portion of the audio content to be encoded in the
frequency-domain mode.

18.  The multi-mode audio signal encoder according to claim 16 or claim 17, wherein
35 the time-domain-to-frequency-domain converter (120; 330a, 350a; 1030a) is
configured to apply lapped transforms of the same transform type for obtaining
frequency-domain representations for portions of the audio content to be encoded in

different modes.



30 the audio content both for a portion of the audio content to be encoded
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whet her to encode a portion of the audio content in the linear-

15predi ct bon MPRE nfitiinfodeNfudid %fgﬂﬁpﬁﬂcoﬁ%&rc{méj Qo ctalm 19) eWﬁ@i!’!:ﬁll thERAgiAudi 0
si gnal encoder accordlng to one of clains 16 t wheréin t

mul ti - channel SEBENEPYHA SOMWREF IR MAS SElsHor amfagdlrftdowe%b@s ﬂafh a%a icgnieRta e,

which is betweenomef teaetSdicwheBemionertode af;foatm afhthe auddNdUnte it HRNBhE-M
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mul ti-node audi o signal encoder is configured to 25apply a start w ndow

having a Z‘P”pagﬁé it ¥nd a8 ddo gx%naf E%ﬁe{]é&‘ﬂfd rmg g»”on%' ARG 630 %”Rrﬂ&%gff Vte'hg

shor t I’Igt sided transition rep resentation
| i near - pr edi ct gnmptidehagnelr audiq m&lal eRPOaeR B wnﬁgmedd@\/MO@q @ -aydiaframe,

representati onwh@@t @ skaén aafré ﬁ@gewaﬂoma@ el 85%E At nhRe P trahdi8rm-
W|ndo d time- d?fi’rgl re eenta n. of t ear gedlctlon rmdecftart
frarre to obt aFffed-exsitatn inpRsdredi P m FPd?ﬁ FEHET ehinea greqisfe

| i near - pr edi ct hode filade astdincarfpradietion mode start frame,
wherein the multi-mode audio signal encoder is configured to

25 apply a start window having a comparatively long left-sided transition slope and a
comparatively short right-sided transition slope to the time-domain representation
of the linear-prediction mode start frame, to obtain a windowed time-domain
representation,

30 to obtain a frequency-domain representation of the windowed time-domain

representation of the linear prediction mode start frame,

to obtain a set of linear-prediction domain parameters for the linear-prediction
mode start frame,

35
to apply a spectral shaping to the frequency-domain representation of the windowed
time-domain representation of the linear prediction mode start frame, or a pre-
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dormai n 10 par apsteesrgasdci ated with the |inear-prediction node start frame
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val ues (g[kK], SOE) associated with different freguencies; 30a scal.e factor
det er mi nat or ( 39¢ ?1gf§fﬁassod@oq¥ﬂt%#@aart Bredishpy 280 g’am@}iomngt e Hegiro
content to be prditied moletstiet frdsrgguency donmi n node, or a pre-processed

ver si 0 thereof, to determ ne scale factors associated with the portion of
the audi o content to be encoded in the frequency domai n node; 35a conbi ner
arr angene@d. ( 33bemuiboude B08i0e)gneberfcoderraedortimgdowhe néclainiy Eowed2s the aadivai n

representati 0”si%£al%n9§ﬂe%8;ﬂpﬂ§in he audi o content to be encoded in the
| i near- predicti"on node, or a pre-processed version thereof, with the

l'i near - prediction node gain values (al), to obtain gain-processed spectral
conponent s, whenkdr-prediction-coding filter coefficient determinator (340a; 1070¢) configured

20 to analyze a portion of the audio content to be encoded in a linear-prediction mode,
or a pre-processed version thereof, to determine linear-prediction-coding filter
coefficients associated with the portion of the audio content to be encoded in the
linear-prediction mode;

25 a filter-coefficient transformer (350b; 1070d) configured to transform the linear-
prediction coding filter coefficients into a spectral representation (Xo[k]), in order
to obtain linear-prediction-mode gain values (g[k], 350c) associated with different
frequencies;

30 a scale factor determinator (330c; 1070a) configured to analyze a portion of the
audio content to be encoded in the frequency domain mode, or a pre-processed
version thereof, to determine scale factors associated with the portion of the audio
content to be encoded in the frequency domain mode;

35 a combiner arrangement (330e, 350d; 1030e) configured to combine a frequency-
domain representation of a portion of the audio content to be encoded in the linear-
prediction mode, or a pre-processed version thereof, with the linear-prediction
mode gain values (g[k]), to obtain gain-processed spectral components, wherein
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dependence on -prediction node gain val ues, a 0 conmbine a
frequency-donmai n representation of a pogjion of the audio content to be
encoded in the frequency domain node, or a pre-processed version thereof,

with the scale factors, obt ai ai n-processed spectyral .conponents,
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coefficients, die achleefadibroCeHs btai®! SaiRlprédeededOfspedtfal IERBPSIRAGE RReRirsSet
of linear-predi cti.Bnt-.dorT?i n 5g)ara ters f?r %?tl on of the audio contgnt
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set of decodedtlspadior@intanoakiwaigiaed 8, dependenps epthecesls ésttorer si on thereof, in
depenggnce on a set of scale factor parameters for a 25portion of the audio
content encoded in_a frequency-domai n node; and obtaining a tine-donain
repr esent at i on“@ereithéheagainadreesssednspestialt pamprpshls fotmaspspedty sltdppd skatspeld set
of decoded spegideahl Gefiididtd ents for a portion of the audio content encoded
in the linear-prediction node, and obtaining a tine-domain 30
representation of the audio content on the basis of a spectrally-shaped set

of dﬁc o]ged4.s peat ﬂhgtlhoﬁ def Iﬁﬂogidﬁrgt % déqded rﬁﬁgsfe?@ﬁoﬁ)fof bheudidtioateROBh g}ﬁ% b@ncoded
int requency- donai.n, node. : t or_.provi di an_encode
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representation of the audio content, the nmethod conpri sing:

obtaining sets of decoded spectral coefficients for a plurality of portions of the

audio content;

20 applying a spectral shaping to a set of decoded spectral coefficients, or a pre-
processed version thereof, in dependence on a set of linear-prediction-domain
parameters for a portion of the audio content encoded in a linear-prediction mode,
and applying a spectral shaping to a set of decoded spectral coefficients, or a pre-
processed version thereof, in dependence on a set of scale factor parameters for a

25 portion of the audio content encoded in a frequency-domain mode; and

obtaining a time-domain representation of the audio content on the basis of a
spectrally-shaped set of decoded spectral coefficients for a portion of the audio
content encoded in the linear-prediction mode, and obtaining a time-domain

30 representation of the audio content on the basis of a spectrally-shaped set of
decoded spectral coefficients for a portion of the audio content encoded in the
frequency-domain mode.

25. A method for providing an encoded representation of an audio content on the basis

35 of an input representation of the audio content, the method comprising:

processing the input representation of the audio content, to obtain a frequency-
domain representation of the audio content;



WO 2011/ 042464PCT/ EP2010/ 064917 84 applying a spectral shaping to a set of

spectral gpehfi@bREts, or a pre-processed version theregy/gEpdydppRRAENce on
a set of linear-prediction donmain paraneters for a portion of the audio

content to be encoded in the linear-pregjction node; 5 applying a spectral
shaping to a set of spectral coefficients, or a pre-processed version
thereof, in dependence on a set of scale factor paraneters for a portion of
the audi o content to be encoded in the frequency-domai n node; 10provi di ng
an encoded repagdengat spavtral skapsye ot nadet pi shaped coefficwhtss pect pmkprocessed

coefficients f%rsfo'ﬂ‘?laégé’%fté irPc'iEp%deth@ofi‘H@é@ofq&@&edé}%dﬁcﬁm?gorﬁﬁ'iﬁ%‘!&%ét&aEf&e

l'i near-prediction no Ing a quantizin

encoded versi oﬁomn@fﬂﬁe%@mqm%m@g@d mfth%b%@t'ﬂ)aﬂdlfék@@fm¢ hents for
15t he portion of the audio content to be encoded in the frequency domain

node using a qua tizing encodin 26. A conputer program for performng the
net hod accor di ﬁ}@?i"&gé} Perﬁt@ﬁd‘é‘ﬂp%igst%ﬁeﬁ?tto p%‘ﬁ”b IChEsy AR PIFNRIOER$sH

conputer. 20 version thereof, in dependence on a set of scale factor parameters for a portion of
the audio content to be encoded in the frequency-domain mode;

10 providing an encoded representation of a spectrally-shaped set of spectral
coefficients for the portion of the audio content to be encoded in the linear-
prediction mode using a quantizing encoding; and

providing an encoded version of a spectrally-shaped set of spectral coefficients for
15 the portion of the audio content to be encoded in the frequency domain mode using
a quantizing encoding.

26. A computer program for performing the method according to claim 24 or 25 when

the computer program runs on a computer.
20



