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ADAPTED THEREFORE Descri ption 5The present invention relates to nmulti-node
audi o codwvogosuabosas a unified speech and audi o codec orca/Eresio@cEIRPt ed
for general audio signals such as nusic, speech, m xed and ot her signals,
and a CELP codi ng schene adapted thereto. It is favorable to m x different
coding nodes in order to code general audio signals 10 representing a m X
of audi MELERrMODE AHDIOCOMEE WND CHIC CODEYGAIPAPTED THEREEORHE i ke. The
i ndi vi dual codi ng nodes may be adapted for particular audio types, and
thus, a nulti-node audi o encoder may take advantage of changing the coding
node over tine corresponding to théﬁﬁ@ﬁﬁ@ﬂlof the audi o content type. In
ot her words, the multi-node audi o encoder may decide, for exanple, to
encaqde ﬂﬁrtion .of t.he audi o signal having speech content using a 15
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For exanpl e here is.a free software called "AAC gain" [ AAC gain] which
as rar tﬁ’le C Cﬁ C
appl i es>edai s Sodime ShHES eqGE T descri bed. This software is a derivative
of 2the free software "MP3 gain", which applies the same techni que for 35
MPEGL/ ZHB@W'E&, \;rzsing &iefang Qéd]iﬂé) fh%ggsd'ﬁgésl':rp&%'&ﬁtqg %Y(;b%lly adjust the gain within an
encoded bitstream or, to be more precise, the gain of the decoded representation of the audio
content of an encoded bitstream without having to actually decode the encoded bitstream and
then re-encoding the gain-adjusted decoded representation again, which detour would
25  necessarily decrease the quality of the gain-adjusted bitstream due to requantizations

performed in re-encoding the decoded and gain-adjusted representation.

For example, in AAC, an adjustment of the output level can easily be achieved on bitstream
level by changing the value of the 8-bit field “global gain”. This bitstream element can simply
30  be passed and edited, without the need for full decoding and re-encoding. Thus, this process
does not introduce any quality degradation and can be undone losslessly. There are
applications which actually make use of this option. For example, there is a free software
called “AAC gain” [AAC gain] which applies exactly the approach just-described. This

software is a derivative of the free software “MP3 gain”, which applies the same technique for
35 MPEGI/2 layer 3.
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the present application, this difficulty is overcone be encoding bitstream
el enents of sub-franes dlfferentlally to the global gain value so that a
chaifge ®hus, hteisginadbgdct o8 the present invention to provide a multi-mode audio codec enabling

global gain adjustment without a decoding and re-encoding detour at moderate penalties in
terms of quality and compression rate, and a CELP codec suitable for being embedded into

multi-mode audio coding with the achievement of similar properties.
30  This object is achieved by the subject matter of the independent claims attached herewith.

In accordance with a first aspect of the present invention, the inventors of the present
application realized that one problem encountered when trying to harmonize the global gain
adjustment across different coding modes stems from the fact that different coding modes
35  have different frame sizes and are differently decomposed into sub-frames. According to the
first aspect of the present application, this difficulty is overcome be encoding bitstream
elements of sub-frames differentially to the global gain value so that a change of the global
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30 recovers the current frame, by constructing the adaptive codebook
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configured to determne an 35energy of a version of an audio content of the
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for the current frame within the bitstream, constructing an innovation codebook excitation

15  based on an innovation codebook index for the current frame within the bitstream, computing
an estimate of an energy of the innovation codebook excitation spectrally weighted by a
weighted linear prediction synthesis filter constructed from linear prediction coefficients
within the bitstream, setting a gain of the innovation codebook excitation based on a ratio
between a gain value within the bitstream the estimated energy, and combining the adaptive

20 codebook excitation and the innovation codebook excitation to obtain the current excitation;
and a linear prediction synthesis filter configured to filter the current excitation based on the
linear prediction filter coefficients.

Likewise, a CELP encoder comprises, according to the third aspect, a linear prediction
25  analyzer configured to generate linear prediction filter coefficients for a current frame of an
audio content and encode linear prediction filter coefficient into a bitstream; an excitation
generator configured to determine a current excitation of the current frame as a combination
of an adaptive codebook excitation and an innovation codebook excitation which, when
filtered by a linear prediction synthesis filter based on the linear prediction filter coefficients,
30 recovers the current frame, by constructing the adaptive codebook excitation defined by a past
excitation and an adaptive codebook index for the current frame and encoding the adaptive
codebook index into the bitstream, and constructing the innovation codebook excitation
defined by an innovation codebook index for the current frame and encoding the innovation
codebook index into the bitstream; and an energy determiner configured to determine an
35 energy of a version of an audio content of the current frame filtered with a linear prediction

synthesis filter depending on the linear prediction filter coefficients and a perceptual



25 Fig. 6a and 6b show a nulti-node aﬁgio encoder and a nul ti-node audio
decoder according to a further enbodi nEnt of the present invention; and
Fig. 7a aw026b/mbow a CELP encoder and a CELP decoder aeco/mp2eg/ obr1$
further 30enmbodi ment of the present invention. Fig. 1 shows an enbodi nent
of a multi-node audi o encoder according to an enbodi nent of the present
application. The nulti-node audio encoder of Fig. 1 is suitable for

encodi ngeightng fifeivadtiainfe grimivalad and pe eacmtingthe ghiravati o éhedfitssparctheand
musi c, Qéighﬂﬁ%ﬁlt&%on_kt?uéarfg&ﬁ theQlindar HRER1Bn AeORHBR{ at e/ di stortion
conpromi se, the nulti-node audi o encoder is configured to switch between
several coding nodes in order to adapt the coding properties to the current
needs of the audio content to be encoded. In particular, in accordance with
thef@nbodinent of 7 WD 2011/.048094PCT/ EP2010/ 065718 Fig. 1, the nulti-node
audi'o encoder generally useégﬁﬁﬁggﬂﬁﬂg¥8fﬁﬁiﬂ@ggﬁﬁg nodes, nanely FD
(frequency-donmai n) coding, and LP (linear prediction) coding, which in
turn, i RYARTs ' T r I 0 CO ' i d P, .
(codebonfe ey Fllpdmblt bk srbREBBIMGD LR e Bl O Bl A daE Caime

audi o c#fached herewib. Mareouerd prefergdembestiments of theapresenbapfdicaigoare diesaitedt he
spect [ ain HERAMAGL hiedporGb AN AGRL, ARdnSGAled according to psychoacoustics
in grder to hide the quantization nol se beneath the masking threshold. In
Tcd%nd cELP codi ng nodes, the audio content is subject to |inear

predi ct Fignl anadhpsiss ai Bloekddfagizen Obt @ Andltingéde RLEDI Chisder Carbidigd evt gn and
t hese |i near p&gggl&jqn coefficients are transmtted within the bitstream
al ong with an éXxci ation signal which, when filtered with a 10
corresponding |inear prediction synthesis filter using the |linear

pr edi ct g@ny coefif L&l it Li St i el ds. .
represeﬁlé%ion%%?gfﬁgggt,F§Qgg%{2ﬁf£%#ﬁ(%ﬁgﬂ%éggpgﬁm%gﬁﬁqfﬁgggg%?§%¥i%n
sigH%I i s tran@faseorlensgenth shest aliggnativet he case of CELP, the excitation
signal is coded by indexing entries within a codebook or otherw se

synthetjically constructi a codebook vector of sanples of be filtered. In
ACELP (&fgebr af “@65@86688%%%}? &?Gﬁmﬁyﬁ@gwu?goﬁP@gﬁ@ﬂﬁaﬁ§an%kbﬁff§~hsed

i n accordance midctortifreepridsesdcondrbloghatbrel , the excitation is conposed of an
adapti ve codebook excitation and an innovati on codebook excitation. As wll
be outlined in nore detail below, in TCX the |inear prediction

coed( i cFignts nspwser aalii-giadechudio déredeleawdaling italen @indwditnent cintl yadepted He
frequency donaaéaoa@sits%amgeﬂcad@@bp%é&cea@m:g%ﬁﬂOn by deducing scal e
factors. In this case, TCX is set"to transform the original signal and
apply the 20 result of the LPC only in the frequency domain. Despite

di f f er efig. $0di igl Bdgow tahentieader awfio Rindodet gRNQr Ah@Snidae Ridietdeesdyrsuch
that a certain Sy taxteHﬁggnt q&@pci tg with all frames of the encoded
bitstream - wi ¥ R EET RS 8??‘?80 JEPSPEG VU t he frames
inddvidually or in groups of frames-, allows a 25 global gain adaptation
across @l l -codj y ] anpi:e, .| easi ng . degreasi. ng, t hese

gl obal €1§I ﬁée:s y Fﬁggg??ivn% gn%tgho%u%(ﬁdlgsenﬁg&{rhe ds%n%%gltﬁ%eﬁi i ﬁlc? 3
(whi ch equal s #cewing teg Burther emtfodiment of the miesensiovyntion; ate | ogari t hmi ¢ base
times the nunber of digits). In particular, in accordance with the various
codi ng .d?s suppg&t%g by the nulti-node audio 30 encoder 10 of Fig. 1,
sanme ¢ o%r & es? DheMC 3d 6E L2 engodera gnd pe GELE, lgpodsr easrendingn te dd fwgher
encitder 14. Thembddmemaddies présent invedtitd, is conmposed of a TCX encodi ng
portion 16, a CELP encoding portion 18, and a coding node swtch 20. A
further coding node switch conprised by encoder 10 is rather generally

i |l ust rEiged show an ambndidenast i gneti-mifecudindencadei agomtdinigsto anrdntgpdiraeht tod

anal yzegyl DeeehidinplicAhe the mith-Mole 2816 &t B¢ lﬂédfe{s suffatt® ?&Cein%cﬁng audio

signals of a mixed type such as of a mixture of speech and music, or the like. In order to

35  obtain an optimum rate/distortion compromise, the multi-mode audio encoder is configured to
switch between several coding modes in order to adapt the coding properties to the current

needs of the audio content to be encoded. In particular, in accordance with the embodiment of



35 consecutive tinme portions thereof to different coding nodes. In
particular, in the case of Fig. 1, the’node designer 22 assigns different
consecutiwe 2nimas@arti ons of the audio content 24 to ei themrrone/ned71$D

codi ng node and LPC coding node. In the illustrative exanmple of Fig. 1, for
8 WD 2011/ 048094PCT/ EP2010/ 065718 exanpl e, node assigner 22 has assi gned
portion 26 of audio content 24 to FD codi ng node, whereas the imedi ately
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10 other. O course, other coding optigns for the windows and transform

| engths for wi ndower 38 and transfornef 40 may be used in accordance with
an al t er nabi2vei/@si¥adi nent. The transform coeffici ents owtcwpmp2bxg/ots7asnsf or ner
40 are quantized and scaled in nodule 42. In particular, psychoacoustic
controller 46 analyzes the input signal at input 48 in order to 15

determ ne a masking threshold 48 according to which the quantization noise
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t hr eshollerehd tRakh &t &Y foR G %Iﬁm og & 4% 1@ PPCAL il ngmiggl ﬁ?geﬁﬁjhgc h

bands t&?e her covering the s ectral domai.n of _transfo
the spe ¢ cqdmei mods assigerd, Puethe medo ravighsry22, dh@uﬂblél%pomémfs%unmé)e

21 r2 ag;f gwbdm&fcfmw @imtsécuaﬁfeﬁaﬁfés gifRgerty. Bbf &QEHN, i$ Rl entoldfhQft o?@rgdq thvbdul e
rmnes

ctor per e factor, ba
mul t1 pl { €4 0 9TERS 3‘} e¥ ]&tpioaéont ?gﬁ%eﬁ?soﬁluaédﬁff? eﬁ{) gﬁﬂ'ﬂ?émge%%tglaﬁﬁe‘ﬁlt@ 3t he
r espect leagméleeclf atbtoof, farcampld, 60%s I biher eoaissthe R eﬁbddef 51 Q;rbo(ﬁﬁgful&e
t f t t hi 42
{r ansf of g;%%%géa {M&%ﬁ UL aﬁx%@b%ft gggﬁlt%%sg €l 0608 pirrdae™® O e
r econst ¢abedigent @r@go} ﬁh@:bBéf%@@mM i$ dles confguethalentc@ﬁet itreassocated portion

coef fi cw Bf théadudfy &dlﬁ@ﬁ ouhe uﬁﬁ§ 8f ﬁaﬁ@sﬂ 32%&%&% el h?évévfg%sn& Rcidifyval ue

Pdg re pective Transform.coefficient values,” sca ?’ors

and ai Sang Sgﬁﬁfg e% 801184 case of bigi hgfor prane the size atibe ﬁz@mes ddch as

b%/hway mfsnﬁuﬂéf llfhmj( theoddtengS fBaidy S Irajf’)arhblﬂ'@ﬁ i€ acdordadéd Wan g%ﬁgdlﬂg em@b&lﬂ%nw th

ot her syntax .e n 0 nin ndo sform

| engt h %lem s%t}(l)ﬂgﬁre%ﬁw oﬁ?gﬁg 8]85 gﬁﬁ‘efaﬁ {O@Ptegggfé%eé?aémgg%r?gg

f urt her32odl?¢ sepipiesreach. Focodldibe Ipessitle izt ltige fast frdmhs ovartps the B0t fraferaenace i s
de t

made topd g b%%\geéltfi‘ls@%&ﬁng%cfdg%ﬁg ¢ Qd dxtggﬁ%{i'g rHoWeq)gpgn P zemqbo%nBeénq gﬁf% gur ed

sI| htli nor e preci se, ntizatron an
rAnd ag eza@mnlﬁlbyeﬁhownan Sigod mt ewetaljocheapssiblgl thas these 1ssrpe&mnabv¢rlapen k,

Wh' ch yihelcds ofWhasitibesSfamed cécﬁﬁ% fn%ﬁ@beEP(g%B&qgHo@@szfrﬁrm&é’%rfséC' ent at the
respective spectral line k, namely 35x reseal, when nultiplied with 10 WO

2011/ 048094PCT/ EP2010/ 065718 wherein sf is the scal e factor of the
r espect Av indicaddeinfRigt 1o theoBD d@ntalenh? edeeiviee fineepae tid/ endqdemque@ ﬁrdfq@@ﬁd

cxanpl ooitn 155ER coBRY ifi BrkSFle bln, FEORDE YhettidisTi E Febus o
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di ff er em i Ad ¥ 1HQ1LaBIGt ﬁl&rasa{w@ﬂ gast 4 syso@x%ﬁé G&E5iRr 46, §

di fference b\%ween pectral’l %énel g bo I'n scél?{l1 ?act ors sf %ﬁﬁbgﬁé/ IL:[I;le
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afore t| on va e. This me _gain ) be
i o7 Bt PR Dot Tghr st e, o e o B o
t r adfsm canmected theiweenhan l‘mpus t4{86amil am outpart 159g6f FDhefcodetohBiand psychoacoustic
controller 46 has an input connected to input 48 and an output connected to a further input of
quantization and scaling module 42. It should be noted that FD encoder 12 may comprise

further modules for further coding options which are, however, not critical here.

30 Windower 38 may use different windows for windowing a current frame entering input 48.
The windowed frame is subject to a time-to-spectral-domain transformation in transformer 40,
such as using an MDCT or the like. Transformer 40 may use different transform lengths in

order to transform the windowed frames.

35 Inparticular, windower 38 may support windows the length of which coincide with the length
of frames 30 with transformer 40 using the same transform length in order to yield a number

of transform coefficients which may, for example, in case of MDCT, correspond to half the



That is, nodule 42 m ght be configured to take a first scale factor sf of a
current spectrum as 15the global gain? This sf val ue may, then,

transm t two 2diffdsooential |y with a zero and the fol |l ow ngcsfErPe@dnes1s
differentially to the respective predecessor. Qovi ousl y, changi ng

gl obal _gai n changes the energy of the reconstructed transform and thus
translates into a | oudness change of the FD coded portion 26, when
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subdi vi sion of frames 32°into sub-franes assocl ati ng respective
codi ng nodes anong 11 WO 2011/ 048094PCT/ EP2010/ 065718

The transform coefficients output by transformer 40 are quantized and scaled in module 42. In
particular, psychoacoustic controller 46 analyzes the input signal at input 48 in order to
15 determine a masking threshold 48 according to which the quantization noise introduced by
quantization and scaling is formed to be below the masking threshold. In particular, scaling
module 42 may operate in scale factor bands together covering the spectral domain of
transformer 40 into which the spectral domain is subdivided. Accordingly, groups of
consecutive transform coefficients are assigned to different scale factor bands. Module 42
20  determines a scale factor per scale factor band, which when multiplied by the respective
transform coefficient values assigned to the respective scale factor bands, yields the
reconstructed version of the transform coefficients output by transformer 40. Besides this,
module 42 sets a gain value spectrally uniformly scaling the spectrum. A reconstructed
transform coefficient, thus, is equal to the transform coefficient value times the associated
25  scale factor times the gain value g; of the respective frame i. Transform coefficient values,
scale factors and gain value are subject to lossless coding in lossless coder 44, such as by way
of entropy coding such as arithmetic or Huffman coding, along with other syntax elements
concerning, for example, the window and transform length decisions mentioned before and
further syntax elements enabling further coding options. For further details in this regard,
30  reference is made to the AAC standard in respect of further coding options.

To be slightly more precise, quantization and scaling module 42 may be configured to
transmit a quantized transform coefficient value per spectral line k, which yields, when
rescaled, the reconstructed transform coefficient at the respective spectral line k, namely

35  x_rescal, when multiplied with

gain — 20,25-(sf—sf_oﬁfvet)



TCX and CELP to the individual sub-frames nmay be done in an interactive
manner between the internal el enents of0 TCX encoder 16 and CELP encoder 18
i n order wo 20mxi48093e a certain weight/distortion neasurectEprbonoassrigase,
TCX encoder 16 conprises an excitation generator 60, an LP anal yzer 62 and
an energy determ ner 64, wherein the LP anal yzer 62 and the energy

determ ner 64 are co-used (and co-owned) by CELP encoder 18 which further
conprises an own excitation generator 66. Respective inputs of excitation
gener at e d r re ected to the
Pnput 52’“"181?9’#&%%%2%“‘% g e RGO LR AL el 8 SRR RFOME 62,
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i nput Sexdpl&kbPo@ncoder 18. The LP analyzer 62 is configured to analyze

t he Saludlo content within the current frane, i.e. TCX franme or CELP frane,
in order to determne linear prediction coefficients, and is connected to
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w | beunkgsstﬁmb@don(swﬂgrdes@@tlahl bel ow. As far as the excitation generator
60 is concerned, however, same nay operate 20 on the original signal
directly. Respective out puts of excitation generator 60, LP analyzer 62,
ener gy dk¢ globaheain6vhlucandy eectrimtriital gither albdﬁtsﬁéam as theldgadthngttdeiaiR0,
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af diCe- némiiremiydowdlinddedboga the $)Prdrakyzet 62reefindsam LIPSy ithaesiteate) ahagdzpy

ener gy .mine will..be. outlined below... That is, when

opti o 2 REHIUOC bk, At SoonB 181 resBES o Stisian, 25908 ut BbarBcaghe
adopt s, or8nalradiceeanters besidérasngeipostipencesaiy athidnhowaehds oy admsidecedihdrt
nerely QPR FlRPahdiRnl NNOvati on codebook index to determ ne positions and
signs of pulses of the innovation codebook vector, as well as the nunber of
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excitation by subjecting a suitable excitation found, for example, by some optimization

scheme to a time-to-spectral-domain transformation in order to yield a spectral version of the
30  excitation, wherein this spectral version of spectral information 74 is forwarded to the
multiplexer 68 for insertion into the bitstream 36, with the spectral information being

quantized and scaled, for example, analogously to the spectrum on which module 42 of FD
encoder 12 operates.

35  That is, spectral information 74 defining the excitation of TCX encoder 16 of the current sub-

frame 52, may have quantized transform coefficients associated therewith, which are scaled in
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Excitation generator 66 is configured to construct the adaptive codebook excitation for a
current frame so as to be defined by a past excitation, i.e. the excitation used for a previously
coded CELP sub-frame, for example, and an adaptive codebook index for the current frame.
25  The excitation generator 66 encodes the adaptive codebook index 76 into the bitstream by
forwarding same to multiplexer 68. Further, excitation generator 66 constructs the innovation
codebook excitation defined by an innovation codebook index for the current frame and
encodes the invocation codebook index 78 into the bitstream by forwarding same to
multiplexer 68 for insertion into bitstream 36. In fact, both indices may be integrated into one
30 common syntax element. Together, same enable the decoder to recover the codebook
excitation thus determined by the excitation generator. In order to guarantee the
synchronization of the internal states of encoder and decoder, the generator 66 not only
determines the syntax elements for enabling the decoder to recover the current codebook
excitation, bit same also actually updates its state by actually generating same in order to use

35  the current codebook excitation as a starting point, i.e. the past excitation, for encoding the
next CELP frame.
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excitat hﬁerlng, so that the resulting adaptive codebook excitation of the current frame minimizes a
difference to a certain target for the adaptive codebook excitation recovering, when filtered by
the synthesis filter, the original audio content. The just-mentioned delay and gain and filtering

15  is indicated by the adaptive codebook index. The remaining discrepancy is compensated by
the innovation codebook excitation. Again, excitation generator 66 suitably sets the codebook
index to find an optimum innovation codebook excitation which, when combined with (such
as added to), the adaptive codebook excitation yielding the current excitation for the current
frame (with then serving as the past excitation when constructing the adaptive codebook

20 excitation of the following CELP sub-frame). In even other words, the adaptive codebook
search may be performed on a sub-frame basis and consist of performing a closed-loop pitch
search, then computing the adaptive codevector by interpolating the past excitation at the
selected fractional pitch lag. In effect, the excitation signal u(n) is defined by excitation
generator 66 as a weighted sum of the adaptive codebook vector v(n) and the innovation

25  codebook vector c(n) by

u(n)=g,(n)+ &.cln).

The pitch gain ¢, is defined by the adaptive codebook index 76. The innovation codebook

30 gain g, is determined by the innovative codebook index 78 and by the afore-mentioned

global gain syntax element for LPC frames determined by energy determiner 64 as will be
outlined below.

That is, when optimizing the innovation codebook index 78, excitation generator 66 adopts,
35 and remains unchanged, the innovation codebook gain g, with merely optimizing the

innovation codebook index to determine positions and signs of pulses of the innovation
codebook vector, as well as the number of these pulses.



and the innovation codebook excitation with weighting the latter with the
actual innovation codebook gain kc. 5 I particular, in accordance wth the
present avbeonausme, quantization encoding stage 86 tramemiEPogiosiex W t hin
the bitstream and the excitation generator 66 accepts the quantized gain k
as a predefined fixed reference for optim zing the innovation codebook
excitation. 10In parti cul ar, excitation generat or 66 optim zes the

i nnovation codebook gain :g", using (i.e. with optimzing) only the
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as foI | mestiorl dieita g]lobiﬂagamg@tnta-xlelements of the TCX sub-frames belongmg to the
respective frame 32, as well as the afore-mentioned innovation codebook gain g, which is

determined by global gain as described below.

10 As shown in Fig. 2, energy determiner 64 may be configured to determine the syntax element
global_gain 80, and may comprise a linear prediction analysis filter 82 controlled by LP
analyzer 62, an energy computator 84 and a quantizing and coding stage 86, as well as a
decoding stage 88 for requantization. As shown in Fig. 2, a pre-emphasizer or pre-emphasis
filter 90 may pre-emphasize the original audio content 24 before the latter is further processed

15  within the energy determiner 64 as described below. Although not shown in Fig. 1, pre-
emphasis filter may also be present in the block diagram of Fig. 1 directly in front of both, the
inputs of LP analyzer 62 and the energy determiner 64. In other words, same may be co-
owned or co-used by both. The pre-emphasis filter 90 may be given by

20 H,,(z)=1-0z".

Thus, the pre-emphasis filter may be a highpass filter. Here, it is a first order high pass filter,
but more generally, same may be an nth-order-highpass filter. In the present case, it is
exemplarily a first order highpass filter, with o set to 0.68.
25
The input of energy determiner 64 of Fig. 2 is connected to the output of pre-emphasis filter
90. Between the input and the output 80 of energy determiner 64, the LP analysis filter 82, the
energy computator 84, and the quantizing and coding stage 86 are serially connected in the
order mentioned. The coding stage 88 has its input connected to the output of quantization
30 and coding stage 86 and outputs the quantized gain as obtainable by the decoder.

In particular, the linear prediction analysis filter 82 A(z) applied to the pre-emphasized audio

content results in an excitation signal 92. Thus, the excitation 92 equals the pre-emphasized

version of the original audio content 24 filtered by the LPC analysis filter A(z), i.e. the
35  original audio content 24 filtered with

Hemph (Z)A(Z) .



25gain _tcx = 24 Then gain _tcx 30 In order to conplete the concordance
between the gain control offered by t he syntax el enent gindex as far as the
CELP sub-woamas4sdd t he TCX sub-frames are concerned, i RrCaEreridacsyes W t h
the first alternative described with respect to Fig. 2, the gl obal

gai ngriindex 1S thus coded on 6 bits per frame or superfrane 32. This
results in the sane gain granularity as for the gl obal gai n codi ng of
the FD node. In this case, the superfrane gl obal gain gindex is coded only

on 6 358iLdeq, : €. AL F de. i t i.Ls.,~Thus,
the gl Oggf;gofkﬁlg%%ﬂﬁo%i ggﬁgg@i V\é@ﬁ%&@@%(ﬁ?ﬁﬁﬁg?% 8‘%@%8@ anntcl) 38 h_lé same
for thed§e ‘? Y REBPUHIZAP SRSTEN OMTRYETY) | i dampleswf ds expitatior signalO2t wighigai n
gr anul athetcyirrest fedntid 32r, a unified gain control can easily be applied. In
par tg’ cular, the logarithm c domain for coding global _gain in FD and LPD
node i s advant ageously perforned at the sane |logarithm c base 2. 5 In order
t o conplrepaiigulagremergyz eorhpithtog8dbaleraee ][rmmergjz E)ﬂ/@g-ﬂaﬂf%epéit Jeginght bpiuwar dd
to exte i . . it.s.even as far as the LPD franes are concer ned.
As far %&I%l%?n&ﬁfiﬁggrﬁ%gg%%%gyé concerned, the syntax el enent gindex
conpl etely assunes the task of the gain control. The afore-nentioned
del t a- gl obal - gai n el nts ofeet hge %ﬁ%'gkéﬁ@% fay be 10 coded on 5 bits
differentially frggrt lgger) rane—gtobal—gara—ednpared to the case where
t he above nul ti-node ®ncodi ng=°s‘chene vvou%l e inplemented by normal AAC
ACH(P and TCX, the above concept according to the alternative of Fig. 2,

woul d r I RN oY l i Nt he. ame 32
merely g%ﬁ%%lrsltél)”ﬁfglo E?’&!)l(ﬁg%e‘gﬁ%ﬂ%?ﬁZ%&@g u‘%ang'?ragg f%%é)%g%w%ﬁ{lg{econsune 2 or
4 addi t logaathnti¢ dempiarbasadoer heanenergy made: of t he respective 15 superfrane
conprising a TCX 40 and TCX 80 sub-frame, respectively. In terns of signal
processi ng, the superfi-ane glgfzgl gai n_gi ndex represents the LPC residual
energy averaged over the séperTraf® 34-3hd guanti zed on a logarithmc
scaje. In (A)CELP, it is used instead of the "nean energy” elenment usually

used in_ACELP for estinati the )
Tﬁs 1ncrex is then transmlttteg%wthm the bitstream as syntax element 80, i.e. as global gain. It

is defined in the logarithmic domain. In other words, the quantization step size increases
exponentially. The quantized gain is obtained by decoding stage 88 by computing:

20 g=2*

The quantization used here has the same granularity as the quantization of the global gain of

the FD mode, and accordingly, scaling of gjnqex scales the loudness of the LPC frames 32 in

the same manner as scaling of the global_gain syntax element of the FD frames 30, thereby
25  achieving an easy way of gain control of the multi-mode encoded bitstream 36 with no need

to perform a decoding and re-encoding detour, and still maintaining the quality.
As will be outlined in more detail below with regard to the decoder, for sake of the above-
mentioned synchrony maintenance between encoder and decoder (excitation nupdate), the

30 excitation generator 66 may, in optimizing or after having optimized the codebook indices,

a) compute, on the basis of the global_gain, a prediction gain g; and

b) multiply the prediction gain gc' with the innovation codebook correction factor ¥ to yield
35  the actual innovation codebook gain g,



20 innovation codebook gain. The new estimate according to the present
first alternative according to Fig. 2,1has more anplitude resol ution than
in the AGEbLBostms®ard, but al so | ess tinme resol ution aspgirmpexoiossmer el y
transmtted per superfranme, rather than sub-frame. However, it was found
out that the residual energy is a poor estimator and used as a cause

i ndi cator of the gain range. As a consequence, the tinme resolution is
probably nore inportant. 25 For avoiding any problens during transients,

t he exciy.alj . ' . - tically . .

under oo Ca Rl eRAREE O lad o P o BRI g iR B R RRU sty

r ecover aiddBe e vatinn epdgbeck exgifatinpywith waiehtiba theratter ttith the ettualfinnévation

r esol ut cawigbodlugdimer,, t he superfrane global gain is also used in TCX as an
estigymtion of the "global gain” 30 el enment determ ning the scaling_gain as
menti oned above. Because the superfrane gl obal gain gindex represents the
ener gy Dbf pafieulaRGnr ggbttaate adith tHeeprbSont gllehalkive,epimsenion akedingt iggL86r gy

of the weighted signal, the differential gain codi by use of . .

Gel ta ol Bt ime AR mabdirfam pid R iR dbngiaion 80 asgbytsibn Grantized gain

di f f er e#tas alPTRsiefineds fixed refmengs foneiimisingthaimppyation sodebank exeitasibane " gl obal
gain". 35 19 WO 2011/048094PCT/ EP2010/ 065718 differing fromthe above

enb inﬁpt lnlthat. he norna% %?in.contrgl.of @@C %ﬂg ACELPR/ TCX sta?dards
has bee Pt GRENALPT EEBFAOL PP AP IEAS LA IO ARoD ¢ bﬁ%g?lflygct Biig 4% be
sl i ght | withoopsienizingdf bely thevinhgvaties codBigdkt indee hach aBAtdeGhedygwhichagc@edi ng
to the alternative, of Fi%f 2, the econ&halternative is described with

r espect PgV4H0Yscodebagly gain serectign rfg"t% pariigwlah dhe JBRYAEAN foeRagk gD
node, sefEecHpmidstaridsteghine thefinnavation cedehaek gainag.dodel ved: The prediction
of the ACELP innovation gain failed for some subframes of high 10

anpl itude dynamic franes. It was mainly due to the energy conputation which
was'-geonetrical |l y averaged. AIthou@ﬁﬂugﬁﬁégverage SNR was better than the
original ACELP, the gain adjustnent §@q§pook was nore often saturated. It
was supposed to be the main reason of ‘the perceived slight degradation for
certain speech itens. 15 Furthernn&gu=ﬁﬁ86prediction of the gain of the
ACELP innovation was also not optimal. Indeed, the gain is optimzed in the
wei ght ed domai n whereas the gain pr&dretign is conputed in the LPC residual
domain. The idea of the following alternative is to performthe prediction
in the weighted domain. 20 The prediction of individual TCX gl obal gains
was“hot optinmal as the transmtted energy was conputed for the LPC residual
whi | e TEXvEbhp durger dessriged belpyy, hRECRedaithiseddefbbmairansmitting tithedemrenitn

di f f er edelén_felaral tgaén podedionifsbischeme is that the gl obal gain represents now
the 25energy of the weipghted %hgquxinstead of the energy of the

exci t at el _ globeler gaint= '%b&r(eawgﬁt—h)e”r@bdﬁofiJcati ons conpared to the first

approach are the followng:
It is decoded as follows:
delta _global _ gain-10

25  gain_tex =2 4 £
Then
_gain_tcx
 2ums

30 In order to complete the concordance between the gain control offered by the syntax element
Sindex as far as the CELP sub-frames and the TCX sub-frames are concerned, in accordance
with the first alternative described with respect to Fig. 2, the global gain gi¢ex is thus coded on
6 bits per frame or superframe 32. This results in the same gain granularity as for the global
gain coding of the FD mode. In this case, the superframe global gain gjnqex is coded only on 6

35  bits, although the global gain in FD mode is sent on 8 bits. Thus, the global gain element is



A gl obal gain coded on 8 bits with the sane quantizer as in the FD node.
Now, both 30 LPD and FD nodes share tHe sanme bitstreamelement. It turned
out that wbeoglakai gain in AAC has good reasons to be eotdak@0/0878ts with
such a quantizer. 8 bits is definitively too nuch for the LPD node gl obal
gain, which can be coded only on 6 bits. However, it is the price to pay
for the unification. 35 Code the individual global gains of TCX with a

di ffer emti ﬂib ssmdifngthedsﬁ’lhglineai poédictiomr ddlfﬁ,’a(ﬂpm FDi medesl élugiche @adale gaif bits

on aver 94P C'F/ T&%ﬁéﬁ’e}rbgg %;{?édS%n é’o%ﬂ]pla éa%ﬁgtl;é %ﬁgﬁed (I.E{Ufpeflrtrmq)ﬁ ular, t%o Vo

2011/ 04 EP2010 In"termo
appr oaclegaithmde sdomaim for ecoding elehsb gpin tllhaED ardo P, Rb&n@de daradvipitageously

consunppdriiimes ab@k Qhme Pogalilimil G¥dOR4: +2 bits For TCX512:+2 bits on
average For TCX256: sanme average bit consunption as before 10In terns of

quality, the second approach differs fromthe first one in that: TCX audio
porti onk (ﬂﬁauﬂocboﬁqﬂmdythlaﬁn&ambah gldial el¢mieats] it Groant lbez;ﬁialglﬂfcﬁwaﬂattb xtehl Was

or ovedle autfion® o By B b ds BRLPRR iR r? edfeel e B e s T s
out | i er Bames afeecepeiemeddfhessymtat eltf:hnant Eidet hemplsteleassuACELRe tSdeof ther gain
exar’rpl e@on’ﬁ’og TRe aﬁirg-me%tlﬁgém@elrtehglogéﬁcéatu?te e BLH qb)@gu@?raﬁ%m{lé}; b9 &
wel Igb tin coded on 5 bits differentially from the superframe global gain. Compared to the case where
the above multi-mode encoding scheme would be implemented by normal AAC, ACELP and
TCX, the above concept according to the alternative of Fig. 2, would result in 2 bits less for
coding in the case of a superframe 32 merely consisting of TCX 20 and/or ACELP sub-
frames, and would consume 2 or 4 additional bits per superframe in case of the respective
15 superframe comprising a TCX 40 and TCX 80 sub-frame, respectively.

In terms of signal processing, the superframe global gain gingex represents the LPC residual
energy averaged over the superframe 32 and quantized on a logarithmic scale. In (A)CELP, it
is used instead of the “mean energy” element usually used in ACELP for estimating the
20  innovation codebook gain. The new estimate according to the present first alternative
according to Fig. 2, has more amplitude resolution than in the ACELP standard, but also less
time resolution as ginex iS merely transmitted per superframe, rather than sub-frame.
However, it was found out that the residual energy is a poor estimator and used as a cause
indicator of the gain range. As a consequence, the time resolution is probably more important.
25  For avoiding any problems during transients, the excitation generator 66 may be configured to
systematically underestimate the innovative codebook gain and let the gain adjustment

recover the gap. This strategy may counterbalance the lack of time resolution.

Further, the superframe global gain is also used in TCX as an estimation of the “global gain”
30  element determining the scaling_gain as mentioned above. Because the superframe global
gain gindex represents the energy of the LPC residual and the TCX global represents about the
energy of the weighted signal, the differential gain coding by use of delta global gain
includes implicitly some LP gains. Nevertheless, the differential gain still shows much lower
amplitude than the plane “global gain”.
35
For 12 kbps and 24 kbps mono, some listening tests were performed focusing mainly on the
quality of clean speech. The quality was found very close to the one of the current USAC



20 filter Wz) 100, followed by an energy conputator 102 and a quanti zation
and codi ng stage 104, as well as a decoding stage 106. In effect, these

el ement s woeoarosiyged with respect to each ot her as thepelr@renbscs2zs and 88
were in Fig. 2. The weighting filter is defined as: 25 Wz) = A(z | 7)
wherein k is a perceptual weighting factor which may be set to 0.92. 30
Thus, in accordance with the second approach, the global gain comon for
TCX anddifferipg stipmf themeBow? embodiseint el thad nthannaermet ggirc adootrblatoif 0A Ak rahdr ned

every 2 ANEK ' ' lene depi@in d | f.r ames
o Tho vl ot 60 oronal T coupat ol oty ‘e ePediloni, e b s )
filteri g’ ’c%% YO&Y93¥¥i nal signal 24 by the weighting filter Wz) deduced from

the LPC coefficients as output by the LP analyzer 62. By the way, the

f - 1. d_.pre: t part of z). It is only use
oLore, T IER LB By, PR e s i T
anal yseseco alematves ov desu@ibed, with eespedtt toi Higsr 1i and 21 Adording to the second
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pre-enphasis is alrea e coefricients o Ener gy
conmput ator 102 then determi nes the energy to be: 1023 nrg = E wWn]* wn]

o The prediction of the ACELP innovation gain failed for some subframes of high

10 amplitude dynamic frames. It was mainly due to the energy computation which was
geometrically averaged. Although, the average SNR was better than the original

ACELP, the gain adjustment codebook was more often saturated. It was supposed to

be the main reason of the perceived slight degradation for certain speech items.

15 e Furthermore, the prediction of the gain of the ACELP innovation was also not
optimal. Indeed, the gain is optimized in the weighted domain whereas the gain
prediction is computed in the LPC residual domain. The idea of the following
alternative is to perform the prediction in the weighted domain.

20 ¢ The prediction of individual TCX global gains was not optimal as the transmitted
energy was computed for the LPC residual while TCX computes its gain in the
weighted domain.

The main difference from the previous scheme is that the global gain represents now the
25 energy of the weighted signal instead of the energy of the excitation.

In term of bitstream, the modifications compared to the first approach are the following:

e A global gain coded on 8 bits with the same quantizer as in the FD mode. Now, both
30 LPD and FD modes share the same bitstream element. It turned out that the global
gain in AAC has good reasons to be coded on 8 bits with such a quantizer. 8 bits is
definitively too much for the LPD mode global gain, which can be coded only on 6
bits. However, it is the price to pay for the unification.

35 ¢ Code the individual global gains of TCX with a differential coding, using:
o 1 bit for TCX1024, fixed length codes.

o 4 bits on average for TCX256 and TCX 512, variable length codes (Huffman)



n=0 Quanti zation and codi ng stage 104 then quantizes the gain gl obal _gain
on 8. bits in the logarithm c domain ba&kd on the nean energy nrg by:

gl obal _gaonon/4dive quantized gl obal gain is then obtai rea/Bryotbhes7aecodi ng
stage 106 by: global _gain 15= 24 As will be outlined in nore detail bel ow
with regard to the decoder, for sake of the above-nentioned synchrony

mai nt enance bet ween encoder and decoder (excitation nupdate), the
excitation generator 66 may, in optimzing or after having optimzed the

codebook, {4l i i i book excitation energy
as det eirﬁrrqe ﬁgBFEy C%I%?p@%m’letﬁ% g@n&??@ﬁﬁ%@%%ﬁ?&%@%ﬂ% n(l%ién ﬁlag‘r ovi si onal
candidate or finally transmtted - innovation codebook index, nanely the

above- nentsl ORGOUAQBITPefamdBEIsORBLiGNES ttges of the innovation codebook
vector pulses, with filtering the respective innovation codebook vector

with the LP synthesis 25 filter, weighted however, with the weighting
filter Wa») BodlCKeODe+emibasis filter, i.e. the inverse of the enphasis

filter, (filter y e below), and determ ning the energy of the
result, %O%Ségéﬁ%T%%ﬁ%??gwﬁ Sween the energy thus derived and an energy

E = 20. | og(lyordE€¥L2h: seme byerdgk biecaisomatiomad efore or der to obtain a _
prediction gain gct c¢) multiply the prediction gain g with the innovation
codebook correction factor '? to yield the actual innovation codebook gain
22 Mb 2@fim@09ubm1@p2w@/mmmé differafromahe {irsyereinghet: t he codebook
excitation by conbining the adaptive codebook excitation and the innovation

XCl i W t.h ighting.the latter with the actual innovation
ESSZESSE S‘ai Jﬁ&%t audio portlonsws%ogﬂi Souid the same as the overall quantization granularity was
kept unchanged.

15 e ACELP audio portions could be expected to be slightly improved as the prediction
was enhanced. Collected statistics show less outliers in the gain adjustment than in the
current ACELP,

See, for example, Fig. 3. Fig. 3 shows the excitation generator 66 as comprising a weighting

20  filter W(z) 100, followed by an energy computator 102 and a quantization and coding stage
104, as well as a decoding stage 106. In effect, these elements are arranged with respect to
each other as the elements 82 and 88 were in Fig. 2.

The weighting filter is defined as:
25
W(z)=A(z/y) ,

wherein A is a perceptual weighting factor which may be set to 0.92.

30  Thus, in accordance with the second approach, the global gain common for TCX and CELP
sub-frames 52 is deduced from an energy calculation performed every 2024 samples on the
weighted signal, i.e. in units of the LPC frames 32. The weighted signal is computed at the
encoder within filter 100 by filtering the original signal 24 by the weighting filter W(z)
deduced from the LPC coefficients as output by the LP analyzer 62. By the way, the afore-

35 mentioned pre-emphasis is not part of W(z). It is only used before computing the LPC
coefficients, i.e. within or in front of LP analyser 62, and before ACELP, i.e. within or in



SIn particular, the quantization thus achieved has the same granularity as
the quantization of the global gain of2lt he FD node. Again, the excitation
gener at orwb6@onmpus@dopt, and treat as a constant, the quactirredogbsl gain
ks in optim zing the innovati on codebook excitation. In particular, the
excitation generator 66 may set the innovation codebook excitation
correction factor '"if by finding the optimuminnovati on codebook index so
t hat t h&oapof ruatagivangdnestor1 66. ked- woylaho gite-gmphasise $. htrsadynt(iagl)eb&q a@coedi ng
to: =" ¥ \ng: =10 "G =E- E -12 E = 20. 1og Ei

=10. log%qe{%%gﬁ\}f%?ﬁ,ﬁ)ésg ngo wherein c", is the innovation is the innovation
vector c[n] in the weighted domain obtained by a convolution fromn =0 to
63 aCCOEﬂér@%célﬁputﬁtdf[lOitﬁn%f&wﬁid&giﬁaene fekn h2 is the inpul se response
of the weighted synthesis filter H2(z), (z)H(z). A(z) :4(z | 0.92)

+4(2) - (1 - 1023

nrg =3 wln]* wln]

n=0

Quantization and coding stage 104 then quantizes the gain global gain on 8 bits in the

logarithmic domain based on the mean energy nrg by:
10

. nrg
lobal gain=|4.1o +05
global _ gain { 2, ( 1024) J

The quantized global gain is then obtained by the decoding stage 106 by:

global _gain

15 g=2 ¢

As will be outlined in more detail below with regard to the decoder, for sake of the above-
mentioned synchrony maintenance between encoder and decoder (excitation nupdate), the
excitation generator 66 may, in optimizing or after having optimized the codebook indices,
20
a) estimate the innovation codebook excitation energy as determined by a first information
contained within the — provisional candidate or finally transmitted - innovation codebook
index, namely the above-mentioned number, positions and signs of the innovation codebook
vector pulses, with filtering the respective innovation codebook vector with the LP synthesis
25  filter, weighted however, with the weighting filter W(z) and the de-emphasis filter, i.e. the
inverse of the emphasis filter, (filter H2(z), see below), and determining the energy of the
result,

b) form a ratio between the energy thus derived and an energy E = 20. log(g) determined by

30  the global_gain in order to obtain a prediction gain g;

¢) multiply the prediction gain g; with the innovation codebook correction factor ¥ to yield
the actual innovation codebook gain g,



30 with 7 = 0.92 and a = 0.68 , for exanple. The TCX gain is coded by
transmtting the el enent delta_globaljﬁhin coded with Variable Length
Codes. 35woOf20tiasib€X has a size of 1024 only 1 bits is weedrb@w/ otires
delta_gl obal gain elenent, while global _gain is recal cul ated and

requanti zed: 23 WO 2011/048094PCT/EP2010/065718 gl obal gain— L4. 1og 2
(gain _tcx)+ 0.5] gindex k =2 4 1. delta _global _gain = 8.1log 2 (gam

-t cx) + @) &tuallygeterats thiecaldbdokaskcitatidrobywscomlgihing thegdtdaba{/e ccgﬁboﬁlok @aithtiort CX =

(2:2 degr as c?tﬁf: ‘Fﬂn%@atlcgl d'éﬁ?olﬁ%:%ﬁ%tlo%' \%?lrf‘w%{g[h{géthct Il“?er (VVI htﬁegct%@ilnsr&r g?ﬁl' i 0. 5]

odeBool® gain

5  In particular, the quantization thus achieved has the same granularity as the quantization of

the global gain of the FD mode. Again, the excitation generator 66 may adopt, and treat as a
constant, the quantized global gain ¢ in optimizing the innovation codebook excitation. In

particular, the excitation generator 66 may set the innovation codebook excitation correction
factor ¥ by finding the optimum innovation codebook index so that the optimum quantized

10  fixed-codebook gain results, namely according to:

& =YV"8 >
with obeying:
15
, 0.05G
g, =1
G; =E-E -12
E =20. log(é)
Ei=10. log(—Zc w :
6 n=0
20
wherein ¢y, is the innovation is the innovation vector c[n] in the weighted domain obtained by
a convolution from n = 0 to 63 according to:
c,|n]= c[n]* h2[n] ;
25

wherein h2 is the impulse response of the weighted synthesis filter

Hz(z)zvff( Hy (6= A(z/0.92)

) G- 08:)

30  with y=0.92 and o =0.68, for example.

The TCX gain is coded by transmitting the element delta_global_gain coded with Variable
Length Codes.

35  Ifthe TCX has a size of 1024 only 1 bits is used for the delta_global gain element, while
global_gain is recalculated and requantized:



delta _global _gain-64 gain _tcx =1 028 .ks delta_gl obal _gain can be
directly coded on 7 bits or by using H¥ f man codes, which can produce 4
bits on awenrapausd3Finally and in both cases the final gairEP2&0OeTULed:
gain _tcx g= 2.rns In the follow ng, a corresponding nmulti-node audio
decoder corresponding to the 20enbodinment of Fig. 1 with respect to the two
al ternatives described Wth respect to Fig. 2 and 3 is described with
respect %Wf The | ti-node_audi o decoder of Fig. 4 is generally
indicaté%’ t aWéT rl8ad&¥ _dr)rAB5 And conprises a demul ti pl exer 122, an FD
decoder 124f4and LPC decoder 126 conposed of a 25 TCX decoder 128 and a
CELP deé&odér® 130, and an overlap/transition handl er 132. The denul ti pl exer
conprises an input 134 goncur gt} forming the input of nulti-npde audio
decoder dairg, glabukt gamns 3B logf, )eﬁth’rs i nput 134. Denul tiplexer 122
conprises several outputs conneéﬁed to decoders 124, 128, and 130, and

di st i blitiedecsyert axfolbesent s 30 conprised in bitstream 134 to the individual
decodi ng machi ne.#d_poefdect, the multiplexer 132 distributes the franmes 34
and 35 ghirbiftstr2eam 86 wi.fh the respective decoder 124, 128 and 130,
respectively. 24 WO 2011/048094PCT/EP2010/065718 responsible for

per f or nbagrivie, fbpﬁﬁ%@ﬁér\gﬁew ERPILR §'g159£1 il %&Qﬂdﬁ% fd1loRAS! t 1 ons

bet ween consecutive or exanp eToove Fansition handl er 132 may

per for mgelae N8I add gq e &bpp qupg consecutlve wi ndows of the FD
frames. The gane 3%é|le(9 %ﬁx sub- franes t hough not described in

detpj | vhd PCKEBREHlhdPddched ds foli§ks:€xanmpl e, ‘even excitation

delta _global _ gain—64
gain _tcx =10 28 £

delta_global_gain can be directly coded on 7 bits or by using Huffman codes, which can
produce 4 bits on average.

15 Finally and in both cases the final gain is deduced:
_ gain _tcx
2.rms

In the following, a corresponding multi-mode audio decoder corresponding to the
20 embodiment of Fig. 1 with respect to the two alternatives described with respect to Fig. 2 and
3 is described with respect to Fig. 4.

The multi-mode audio decoder of Fig. 4 is generally indicated with reference sign 120 and
comprises a demultiplexer 122, an FD decoder 124, and LPC decoder 126 composed of a
25  TCX decoder 128 and a CELP decoder 130, and an overlap/transition handler 132.

The demultiplexer comprises an input 134 concurrently forming the input of multi-mode
audio decoder 120. Bitstream 36 of Fig. 1 enters input 134. Demultiplexer 122 comprises
several outputs connected to decoders 124, 128, and 130, and distributes syntax elements
30 comprised in bitstream 134 to the individual decoding machine. In effect, the multiplexer 132

distributes the frames 34 and 35 of bitstream 36 with the respective decoder 124, 128 and 130,
respectively.

Each of decoders 124, 128, and 130 comprises a time-domain output connected to a

35  respective input of overlap-transition handler 132. Overlap-transition handler 132 is
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weighting values obtained from the LPC coefficients transmitted via the bitstream. In

35  particular, the TCX decoder 128 operates on the TCX sub-frames among sub-frames 52.

Excitation generator 140 treats the incoming spectral information similar to components 134

and 136 of FD decoder 124. That is, excitation generator 140 dequantizes and rescales
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35 above, a length of 256 audio sanples each. As already noted above, the
CELP decoder 130 is configured to const® uct the current excitation as a
conbi nat iwo 2011/m8@it i on of scal ed adaptive codebook andpcmmrpr@bioesvi€odebook
vectors. The adaptive codebook constructor 150 uses the 27 WO

2011/ 048094PCT/ EP2010/ 065718 adapti ve codebook index which is retrieved
fromthe bitstreamvia denultiplexer 122 to find an integer and fractional
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posi tions signs an e nunber of pulses. Once the al gebraic
codlect or c(n) is decoded, a pitch sharpening procedure is performed.
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< m n( 2§iftdiver 38 extend, for example, beyond the leading and rear end of each current TCX sub-

frame and the corresponding window used for windowing the excitation is adapted to readily

extend into regions beyond the rear and leading ends of the respective current TCX sub-

frame, so as to comprise non-zero portions overlapping preceding and successive sub-frames

20  of the current sub-frame for allowing for aliasing-cancellation as known from FD coding, for

example. Thus, excitation generator 140 receives quantized spectral coefficients from the

bitstream and reconstructs the excitation spectrum therefrom. This spectrum is scaled

depending on a combination of delta global gain of the current TCX sub-frame and

global_frame of the current frame 32 to which the current sub-frame belongs. In particular,

25  the combination may involve a multiplication between both values in the linear domain

(corresponding to a sum in the logarithm domain), in which both gain syntax elements are

defined. Accordingly, the excitation spectrum is thus scaled according to the syntax element

global_gain. Spectral former 142 then performs an LPC based frequency-domain noise

shaping to the resulting spectral coefficients followed by an inverse MDCT transformation

30  performed by retransformer 146 to obtain the time-domain synthesis signal. The

overlap/transition handler 132 may perform the overlap add process between consecutive
TCX sub-frames.

The CELP decoder 130 acts on the afore-mentioned CELP sub-frames which have, as noted
35  above, a length of 256 audio samples each. As already noted above, the CELP decoder 130 is
configured to construct the current excitation as a combination or addition of scaled adaptive
codebook and innovation codebook vectors. The adaptive codebook constructor 150 uses the



1/(1- 0.85z-T) if 2T < 64 and 2T 5_ n < 64 30 where n is the actual
position in units of immediately consedutive groups of 64 audio sanples,
and wher ew® 2081/@809@unded versi on of the integer part Topramdrbewostizenal part
To, frac of the pitch lag as given by: 28 WD 2011/ 048094PCT/ EP2010/ 065718
T {To +1 if TQ frac >2 TO ot herw se The adaptive pre-filter F(z)
colors the spectrum by danping inter-harnonic frequencies, 5 which are
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Wi t th%odg CXRUALPD HetPrRYed fof) 4 8z &f 160 samples nDgpending on g sypexrelsmentt he
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gl obal _gai ngd, represents.the nean citation energy per superfrane ,
serves s(;lda:en‘%éeg]tlelrﬁ%té rﬁ%?%ap&yef%&%s%fs. e. K =Gc,' 20 The nean innovative

excitation energy in a superframe 32, E, is thus encoded with 6 bits per
superfranme by global _gain, and E iﬁnfiﬁ‘izi(%{)e& fromglobal _gain viaits

guanti zed version by:
10 v(n) =0.18 v'(n)+0.64 v' (n-1) + 0.18 v'(n-2).

The innovation codebook constructor 148 uses the innovation codebook index retrieved from
the bitstream to extract positions and amplitudes, i.e. signs, of excitation pulses within an
algebraic codevector, i.e. the innovation codevector c¢(n). That is,

15

c(n) = Afsig(n —-m,)

Wherein m; and s; are the pulse positions and signs and M is the number of pulses. Once the
algebraic codevector c(n) is decoded, a pitch sharpening procedure is performed. First the c(n)
20  is filtered by a pre-emphasis filter defined as follows:

Fompi(2)=1-0.3 2

The pre-emphasis filter has the role to reduce the excitation energy at low frequencies.
25 Naturally, the pre-emphasis filter may be defined in another way. Next, a periodicity may be
performed by the innovative codebook constructor 148. This periodicity enhancement may be

performed by means of an adaptive pre-filter with a transfer function defined as:

1 if n < min(7,64)
F(z)=4 (1+0.85z77) if T <64and T < n <min(2T,64).
1/1-0.85z7") if 2T <64and 2T < n < 64
30
where n is the actual position in units of immediately consecutive groups of 64 audio samples,

and where T is a rounded version of the integer part T, and fractional part Ty, s of the pitch
lag as given by:



E = 20. 1log(k) 25The prediction gain in the linear domain is then derived by
gai n adaptor 152 by: ,0.05G g=10 The Zfuanti zed fi xed- codebook gain is then
conmput ed Wy 2gaivnas@dapt or 152 by 30 As descri bed, gai n adapirrpeoidbéstsien
scal es the innovation codebook excitation with k " while adaptive codebook
constructor 150 scal es the adaptive codebook excitation with k p, and
wei ght ed sum of both codebook excitations is forned at conbi ner 154.

2011/ 048094PCT/ EP2010/ 065718 I n accordance with the second alternative of
the above outlined alternatives, the[est) fated.fj xed-codebook gain g,
formed by gain adaptor 152 as folTews® 5Firsf* the average innovation
energy is found. The average innovatidn e®8KEYISE represents the energy of
i nnovation in the weighted domain. It is calculated by convoluting the
innovation code with the inpulse response h2 of the follow ng wei ghed
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which are annoying to the human ear in case of voiced signals.

The received innovation and adaptive codebook index within the bitstream directly provides
the adaptive codebook gain g,and the innovation codebook gain correction factor 7. The

innovation codebook gain is then computed by multiplying the gain correction factor yby an
estimated innovation codebook gain y'. This is performed by gain adapter 152.

In accordance with the above-mentioned first alternative, gain adaptor 152 performs the
following steps:

First, E which is transmitted via the transmitted global gain and represents the mean

excitation energy per superframe 32, serves as an estimated gain GL', indb, i.e.

E=G

c

The mean innovative excitation energy in a superframe 32, E , is thus encoded with 6 bits per
superframe by global_gain, and E is derived from global gain via its quantized version &

by:
E =20.1og(8)

The prediction gain in the linear domain is then derived by gain adaptor 152 by:

0.05G'
<

g, =1

The quantized fixed-codebook gain is then computed by gain adaptor 152 by
g.=V8&

As described, gain adaptor 152 then scales the innovation codebook excitation with g,, while
adaptive codebook constructor 150 scales the adaptive codebook excitation with g ,»and a

weighted sum of both codebook excitations is formed at combiner 154.

a 35
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10 The innovation in the weighted domain is then obtained by a convol ution
fromn=0 to 63: cw n]=c[n]*h2[n] 15Thé%%nergy Is then: Ei =10.1o9(-1
ic2.[n]) wo201axAsbaen, the estimated gain Gin db is forgd/HPR1d06s7IE | -12
where, again, Kis transmtted via the transmtted gl obal gain and
represents the nmean excitation energy per superframe 32 in the weighted
domai n. The nean energy in a 25superfranme 32, K, is thus encoded with 8
bits per superfi-ane by global gain, and Kis derived fromglobal _gain via

i ts quapt h&efliapes %Jl@inthg seldhd & erna%Q/ejoqu Kb Oﬁ%&ﬁ%{? gl'teﬁ'gétg%&g@lk résﬁrg {fﬁ
ghgﬁ?rze§&f§§%é$ gﬁgg (ﬁg$%%¥§%Pﬁ@ﬁp85E:€§; 9 &aln adaptor 152 by

5  First, the average innovation energy is found. The average innovation energy E; represents the
energy of innovation in the weighted domain. It is calculated by convoluting the innovation

code with the impulse response h2 of the following weighed synthesis filter:

W(z)

H2) =" D g A(z/0.92)
A z

A(z).(1-0.6827)

de _emph (Z) -

10

The innovation in the weighted domain is then obtained by a convolution from n=0 to 63:

cw[n]=c[n]*h2[n]

15  The energy is then:
1 63
Ei=10.log(— > c*w[n])
64 =

Then, the estimated gain G; in db is found by
20
G'.,=E-E, -12

where, again, E is transmitted via the transmitted global gain and represents the mean
excitation energy per superframe 32 in the weighted domain. The mean energy in a

25  superframe 32, E, is thus encoded with 8 bits per superframe by global_gain, and E is
derived from global_gain via its quantized version g by:

E =20.1og(8)

30  The prediction gain in the linear domain is then derived by gain adaptor 152 by:

) 0.05G.
10 -

The quantized fixed-codebook gain is then derived by gain adaptor 152 by
35



30 WO 2011/ 048094PCT/ EP2010/ 065718 . g: The above description did not go
into detail as far as the deterninati o of the TCX gain of the excitation
spect rumwo 2acigas@ance with the above-outlined two alt epoatEPY@®/065718
concerned. The 5TCX gain, by which the spectrumis scaled, is - as it was
al ready outlined above - coded by transmtting the el enent _
del ta_gl obal _gain coded on 5 bits at, the encoding side according to: delta
_global gain = (4.10g 2 ( gain : xY¥& ", ) lu+ 0.5 101t is
decoded by the excitation generator 140, for exanple, as follows:

The above description did not go into detail as far as the determination of the TCX gain of the

excitation spectrum in accordance with the above-outlined two alternatives is concerned. The

5 TCX gain, by which the spectrum is scaled, is - as it was already outlined above - coded by

transmitting the element delta_global_gain coded on 5 bits at the encoding side according to:

delta_global _gain = {(4.log2 (B2 _ICXy L 10)+ 0.5J
g

10 Itis decoded by the excitation generator 140, for example, as follows:

delta _global _ gain-10
gain_tcx =2 4 £

2

global _ gain
with g denoting the quantized version of global gain according to ¢=2 4 , with, in

15 turn, global_gain submitted within the bitstream for the LPC frame 32 to which the current
TCX frame belongs.

Then, excitation generator 140 scales the excitation spectrum by multiplying each transform
coefficient with g with:
20 g= gain _fcx
2.rms

According to the second approach presented above, the TCX gain is coded by transmitting the
element delta-global-gain coded with variable length codes, for example. If the TCX sub-
frame currently under consideration has a size of 1024 only 1-bit may be used for delta-
25  global-gain element, while global-gain may be recalculated and requantized at the encoding

side, according to:
global _gain= |_4.10g2 (gain_tex)+ O.SJ

Excitation generator 140 then derives the TCX gain by

Eindex

30 g=2 4

Then computing
delta _global _gain

A

gain_tcx =2 8 g



delta _global _gain-10 gain _tcx = 24 global _gain wth k denoting the
quanti zed version of gl obal _gain accordi ng togr =2 4, with, in 15 turn,
gl obal _gawo 2sulnsdoied within the bitstream for the LPC fcame2@8/0sx718vhi ch-
the current TCX frane bel ongs. Then, excitation generator 140 scales the
excitation spectrumby nultiplying each transformcoefficient wwth g with:
20 gain _tcx g= 2.rnms  According to the second approach presented
above, the TCX gain is coded by transmitting the el enent deI ta gI obal - gai n

coded }"P’Eﬂér\)é E' ah! ﬁle @ﬂ&t le sp%ﬁSTCkorthee)&@g%)g%Bgl 4éau]i qgay B ute({)gy %\8 d for

currently undéer consi deration has a’ size onl'y™~1-
del t a- oBipoengengeter W0asdeliowsahi | e gl obal -gai n may be recalculated and
requantized at the encoding side, according to: global _gain= L4.1og 2
(gain _tcx)+ 0.5i Excitation generator 140 the? derives tihe TCX gain by
gindex 30= 2 4 delta_global _gain ={(28.1 (gle_n_) +64)+ OSJ

g

The TCX gain is then decoded by the excitation generator 140 as follows:

delta _global _ gain—64
gain_tex =10 2 £

10

with then computing

_ gain_tcx
2.rms

15 In order to obtain the gain by which excitation generator 140 scales each transform
coefficient.

For example, delta_global gain may be directly coded on 7-bits or by using Huffman codes
which can produce 4-bits on average. Thus, in accordance with the above embodiment, it is

20  possible to encode audio content using multiple-modes. In the above embodiment, three
coding modes have been used, namely FD, TCX and ACELP. Despite using the three
different modes, it is easy to adjust the loudness of the respective decoded representation of
the audio content encoded into bitstream 36. In particular, in accordance with both approaches
described above, it is merely necessary to equally increment/decrement the global gain

25  syntax elements contained in each of the frames 30 and 32, respectively. For example, all
these global_gain syntax elements may be incremented by 2 in order to evenly increase the
loudness across the different coding modes, or decremented by 2 in order to evenly lower the
loudness across the different coding mode portions.

30  After having described an embodiment of the present application, in the following, further
embodiments are described which are more generic and individually concentrate on individual
advantage aspects of the multi-mode audio encoder and decoder described above. In other
words, the embodiment described above represents a possible implementation for each of the
subsequently outlined three embodiments. The above embodiment incorporates all the

35 advantageous aspects to which the below-outlined embodiments merely individually refer.



Then conputing delta _global _gain gain _tcx =28 .",gr 31 WO

2011/ 048094PCT/ EP2010/ 065718 O herw se7’,2 for the other sizes of TCX, the
del t a- gl ovel2epaisgoonay be conputed by the excitation genecatErroib46s7as
follows: delta _global _gain = [(28.1log( gain -tcx)+ 64) + 0.5 k The TCX
gain is then decoded by the excitation generator 140 as follows: delta
_global _gain-64 gain _tcx =1028 k with then conputi ng gain _tcx g=
2. rs 1Bich dithiesubsequebtindesctihed gabodimgntstfoaisesexcarnt atpeaof gendroat-@xpladdd

scal es gafNmbiAAedi8 Bu&OFhTh G fRfantageous beyond the specific implementation used the

previous embodiment, i.e. which may implemented differently than before. The aspects to

which the below-outlined embodiments belong, may be realized individually and do not havte

5  to be implemented concurrently as illustratively described with respect to the above-outlined
embodiment.

Accordingly, when describing the below embodiments, the elements of the respective encoder
and decoder embodiments are indicated by the use of new reference signs. However, behind

10  these reference signs, reference numbers of elements of Figs. 1 to 4 are presented in
parenthesis, with the latter elements representing a possible implementation of the respective
element within the subsequently described figures. In other words, the elements in the figures
described below, may be implemented as described above with respect to the elements
indicated in the parenthesis behind the respective reference number of the element within the

15  figures described below, individually or with respect to all elements of the respective figure
described below.

Figs. 5a and 5b show a multi-mode audio encoder and a multi-mode audio encoder according
to a first embodiment. The multi-mode audio encoder of Fig. 5a generally indicated at 300 is
20  configured to encode an audio content 302 into an encode bitstream 304 with encoding a first
subset of frames 306 in a first coding mode 308 and a second subset of frames 310 in a
second coding mode 312, wherein the second subset of frames 310 is respectively composed
of one or more sub-frames 314, wherein the multi-mode audio encoder 300 is configured to
determine and encode a global gain value (global gain) per frame, and determine and encode,
25 per sub-frame of at least a subset 316 of the sub-frames of the second subset, a corresponding
bitstream element (delta global gain) differentially to the global gain value 318 of the
respective frame, wherein the multi-mode audio encoder 300 is configured such that a change
of the global gain value (global gain) of the frames within the encoded bitstream 304 results
in an adjustment of an output level of a decoded representation of the audio content at the
30  decoding side.

The corresponding multi-mode audio decoder 320 is shown in Fig. 5b. Decoder 320 is
configured to provide a decoded representation 322 of the audio content 302 on the basis of
an encoded bitstream 304. To this end, the multi-mode audio decoder 320 decodes a global
35  gain value (global_gain) per frame 324 and 326 of the encoded bitstream 304, a first subset
324 of the frames being coded in a first coding mode and a second subset 326 of the frames
being coded in a second coding mode, with each frame 326 of the second subset being
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if the ACELP coding mode was missing. In this case, the differential coding of both elements,
25  namely global_gain and delta_global_gain would enable one to account for higher sensitivity
of the TCX coding mode against variations and the gain setting with, however, avoiding
giving up the advantages provided by a global gain control without the detour of decoding
and re-encoding, and without an undue increase of side information necessary.

30 Nevertheless, the multi-mode audio decoder 320 may be configured to, in completing the
decoding of the encoded bitstream 304, decode the sub-frames of the at least subset of the
sub-frames of the second subset 326 of frames by using transformed excitation linear
prediction coding (namely the four sub-frames of the left frame 326 in Fig. 5b), and decode a
disjoined subset of the sub-frames of the second subset 326 of the frames by use of CELP. In

35 this regard, the multi-mode audio decoder 220 may be configured to decode, per frame of the
second subset of the frames, a further bitstream element revealing a decomposition of the

respective frame into one or more sub-frames. In the afore-mentioned embodiment, for
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both el ﬁ"%ﬁ‘%’s the linear domain 1 order to mu iply the results in the linear domain in orde to
obtain the gain with which the multi-mode audio decoder has to scale the current sub-frames
such as the TCX coded excitation and the spectral transform coefficients thereof, as described
above. As is known in the art, the same result may be obtained by adding both syntax
35  elements in the logarithm domain before transitioning into the linear domain.
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del t a_gmﬂwzler_ g&d generates LPC filter coefficients 418 for the current frame and encodes same
into the encoded bitstream 404. The excitation generator 416 determines a current excitation

of the current frame of the first subset, which when filtered by a linear prediction synthesis

25  filter based on the linear prediction filter coefficients 418 within the encoded bitstream 404,
recovers the current frame of the first subset, defined by a past excitation 420 and a codebook

index for the current frame of the first subset and encoding the codebook index 422 into the

encoded bitstream 404. The transform encoder 412 is configured to encode a current frame of

the second subset 408 by performing a time-to-spectral-domain transformation onto a time-

30  domain signal for the current frame to obtain spectral information and encode the spectral
information 424 into the encoded bitstream 404. The multi-mode audio encoder 400 is
configured to encode a global gain value 426 into the encoded bitstream 404, the global gain

value 426 depending on an energy of a version of the audio content of the current frame of the

first subset 406 filtered with a linear prediction analysis filter depending on the linear

35 prediction coefficients, or an energy of the time-domain signal. In case of the above
embodiment of Fig. 1 to 4, for example, the transform encoder 412 was implemented as a

TCX encoder and the time-domain signal was the excitation of the respective frame.
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The embodiment of Figs. 6a and 6b highlight the advantageous aspects of the embodiment of

Figs. 1 to 4, according to which it is the gain of the codebook excitation according to which

the gain adjustment of the CELP coded portion is coupled to the gain adjustability or control
35  ability of the transform coded portion.
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In accordance with the above description, the excitation generator 504 may
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t he i nnowsbi20n/@e@ebook excitation 522, mnimze a perceptrmEekoidiosi7asti on
measure relative to the audio content 512. Further, the 35 |inear
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per cepttlualpewept}}hhedgmugmheem fiteasure rel ative to the audi o content using
the perceptual weighting synthesis fHuizt/e: A(z | y) s (Z) Henph (Z) 10

wherein y is a perceptual weighti ‘té_t_' 4(z) is a quantized version of
the linear prediction synthesis fll? ?FN(;Z, 11 enph =1- a z-1 and a is a

hi giy f requency-enphasis factor, and wherein the energy determ ner (506) is
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synthesis filter A(z), H,, , =1—-a z™ and o is a high-frequency-emphasis factor, and wherein

emph
the energy determiner (506) is configured to use the perceptual weighting filter
W(z)= A(z/y) as a weighting filter.

15
Further, for sake of synchrony maintenance between encoder and decoder, the excitation
generator 504 may be configured to perform an excitation update, by

a) estimating an innovation codebook excitation energy as determined by a first information
20  contained within the innovation codebook index (as transmitted within the bitstream), such as

the above-mentioned number, positions and signs of the innovation codebook vector pulses,

with filtering the respective innovation codebook vector with H2(z), and determining the

energy of the result,

25  b) form a ratio between the energy thus derived and an energy determined by the global gain
in order to obtain a prediction gain g;

c¢) multiply the prediction gain g; with the innovation codebook correction factor, i.e. the

second information contained within the innovation codebook index, to yield the actual
30  innovation codebook gain.

d) actually generate the codebook excitation — serving as the past excitation for the next frame
to be CELP encoded- by combining the adaptive codebook excitation and the innovation

codebook excitation with weighting the latter with the actual innovation codebook excitation.
35
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excitation spectrally weighted by a weighted |inear prediction synthesis
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configured to conpute the estlnateﬂgﬁfihgygnergy of the innovation codebook
excitation 554, and filter the i nnovat i on codebook excitation 554 with
WZz35 :4(z) Henph (z) 25
wherein the linear prediction synthesis filter is configured to filter the current excitation 542
according to 1/ A(z) , wherein W(z)= A(z/y) and y is a perceptual weighting factor,

H -1

ga| n

empn =1— @z~ and a is a high-frequency-emphasis factor, wherein the excitation generator

440 is further configured to compute a quadratic sum of samples of the filtered innovation
30  codebook excitation to obtain the estimate of the energy.

The excitation generator 540 may be configured to, in combining the adaptive codebook

excitation 556 and the innovation codebook excitation 554, form a weighted sum of the

adaptive codebook excitation 556 weighted with a weighting factor depending on the adaptive
35  codebook index 556, and the innovation codebook excitation 554 weighted with the gain.



wherein the |linear prediction synthesis filter is configured to filter the
current excitation 542 according to 1/4.14(2) , Wherein *(z) y) and 7 is a
per cept uavoweiighsiong factor, Henph =1- a z-1 and a i S aPCT/EP2010/065718

hi gh-frequency-enphasis factor, wherein the excitation generator 440
is further configured to conpute a quadratic sum of sanples of the filtered
i nnovati on 30 codebook excitation to obtain the estinate of the energy. The
excitation generator 540 nay be configured to, in conbining the adaptive
codeboo I.Lat kb an: Ab [ ' citation 554, forma
wei ght egu%?nlc%@‘%eﬁgehog%g%t I vegﬂg)gagggc:%ﬁﬂ%@ Fltﬂgetoiﬂgg&g@?%bi ghted with a

wei ghting factor depending on the adaptive 35 codebook index 556, and the
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2011/ 048094PCT/ EP2010/ 065%1 Furt her considerations for LPD node are

out I3 ned MAIEIHRE PGS RIRELY fhegstatistics ofdfie ey gainadiustesént s coul d be achi eved
by retrai Mhegldbabggaicodin@in AACEIR bomodifRddlyi ng nore accurately the
statistics of the new gain adjustnent. The gl obal gain coding in AAC
coul d be nodified by coding it on 6/7 bits instead of 8 bits as it is
done in TEX. cadingrhpnwot kitf msteadef § bits enit iogareah i TEK. domay svdskifor the camerbe a

Iin‘itationv@&r}l WO il = i qr: LS.
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quatt i zat i ontheR AP $itsor r esponds to the second approach described above): the
way the scale factors are applied in AAC, it is not necessary to have such
an accurate guant.i zation. 15Mreover jt will ioply a |ot of nodifications
in the AAC sﬂ‘ﬁfféf‘ﬁgé SFaoltign of the uB}fJ’ceé1 &VTB‘P%LH?‘HE F%H“af"@rtthﬁ HeC% CBrBtizaiienor s.
The TCX gl Obﬁhis@ai‘r@gﬁés/td)&le@lﬂed’ﬂdi a@a@fbabﬂfdeﬁcﬁibq&lahé\ie;j the Wd}fethﬁ ReAE Fadtors
coefficients; it ks,don is.way.in AAC apd.it permts to the quantization
of the spect P&l ép(?:l)lé?flflcgétrﬁ}sl%t% %)é BT gon paves 8\5‘#’(:8“0%“’%?%6099 pon.
apptoach seeNpreayehds wilemphs e lefl dgaedifiomionsfin thei AgC shieverd ol @ gssater foits coded

TCX gl obal gaiRSmbEHS Bsed scaldrh@bil y an energy, the quantity of which is
al so useful in ACIELP Thi s energy was used in the afore-nentioned gain

control unification approaches as a bridge between the two coding schene
for code ngHeNECKQildtR] gdins Ty bQaati ssdbiedbrBtatiARE tHer pastABbIRIdN: it is

T g R TSGR s T RN g A

the only source of error. This approach seems to be the most elegant way of doing.

Nevertheless, the coded TCX global gains represent currently an energy, the quantity of
which is also useful in ACELP. This energy was used in the afore-mentioned gain control

unification approaches as a bridge between the two coding scheme for coding the gains.

25  The above embodiments are transferable to embodiments where SBR is used. The SBR
energy envelope coding may be performed such that the energies of the spectral band to be
replicated are transmitted/coded relative to/differentially to the energy of the base band
energy, i.e. the energy of the spectral band to which the afore-mentioned codec embodiments
are applied.

30
In the conventional SBR, the energy envelope is independent from the core bandwidth energy.
The energy envelope of the extended band is then reconstructed absolutely. In another words,
when the core bandwidth is level adjusted it won’t affect the extended band which will stay
unchanged.

35
In SBR, two coding schemes may be used for transmitting the energies of the different

frequency bands. The first scheme consists in a differential coding in the time direction. The



replicated are transmtted/ coded relatjve to/differentially to the energy
of the base band energy, i.e. the ener{%y of the spectral band to which the
af or e- nrenwoeoad4s@dec enbodi nents are applied. 30 In thectearmeoosanal SBR
the energy envel ope is independent fromthe core bandw dth energy. The
energy envel ope of the extended band is then reconstructed absolutely. In
anot her words, when the core bandw dth is level adjusted it won't affect

t he extensugics bhihd differcht bands ast éiffemmih]éytge@bd f36m the cyesponding bands of the
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ener gy envel&ﬁe coding may use changing t antization step o

ban’d’g ehgdifisg. t he delta codi ng in frequency direction in order to
get the sane granul arity as for the commn gI obal gain elenent of the
core-coder, Int ust ment .coyl d be.achi eved .by
o 1yt AGOBEE ot KR Serdy shEIoRs SHE TG RregTabelae s waB LN 518 X o
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t he above cor eco ortro

a bl st leselnadjosracrgBRulbo ddricved byt edifviag bath @ﬁveqle@&p@f eomenel gpbrbgain of
spect r afheRBRAcder BRI MBRhd&aI ARk fifst BIAPREEBRPIBRI VAN el th REdiRL i ‘ﬁ%g@é’ﬁﬁer gi es

determ rte an energy of the core band signal and scale the envel op
accor di MFEti8n&sfer gy of the core band signal. Doing so, the replicated
spectral band of the reconstruct ed representation of the audio content has

vt o St e! FALSCEh OB AEBR Mab bebilisR R i 8° al B s 2 e 2

uni 2Q cadé¢coderofor tdhe)dgttg)bab cgaérrpdroon WBAGitstagrnwiliie $BR tdheod‘eo trrlayvthctg devande

current by eldperefelgfesdor a Bpdotrdl ORI to R BpliRfedSREH AE8BRRMon of the bitstream,
determine an energy of the core band signal and scale the envelope energies according to an
energy of the core band signal. Doing so, the replicated spectral band of the reconstructed
representation of the audio content has an energy which inherently scales with the afore-

25 mentioned global gain syntax elements.

Thus, in accordance with the above embodiments, the unification of the global gain for USAC
can work in the following way: currently there is a 7-bit global gain for each TCX-frame
(length 256, 512 or 1024 samples), or correspondingly a 2-bit mean energy value for each
30  ACELP-frame (length 256 samples). There is no global value per 1024-frame, in contrast to
the AAC frames. To unify this, a global value per 1024-frame with 8 bit could be introduced
for the TCX/ACELP parts, and the corresponding values per TCX/ACELP frames can be
differentially coded to this global value. Due to this differential coding, the number of bits for
these individual differences can be reduced.
35
Although some aspects have been described in the context of an apparatus, it is clear that

these aspects also represent a description of the corresponding method, where a block or



(length 256, 512 or 1024 sanples), or correspondingly a 2-bit nean energy
val ue for each 30 ACELP-franme (I ength4§56 sanples). There is no gl obal

val ue perwdQafi7dss@ae, in contrast to the AAC franmes. ToprumiEPRomhs®18 a

gl obal val ue per 1024-frame with 8 bit could be introduced for the

TCX/ ACELP parts, and the correspondi ng val ues per TCX/ ACELP franes can be
differentially coded to this global value. Due to this differential coding,
t he nundrvicegfordgspond$ tr a iethod stepdir nifehrale dfiafiethehaes Amatogoeslyedpessd. 35 43
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enbodi nthamsst sopretaohmethiod sepemal bt keedmsitbyi supbbah apparate.hod st eps may be

execut ed by such an apparat us. The inventive encoded audi o signal can be
stored on a digital storage nediumor can be transmtted on a transn ssion

medi um giic ﬂﬂ@ﬁtl@e %Joﬁlec‘? S8dibr ﬁ&a@gﬁ% Ib%nst&%g' "% %ﬁl %‘cqr{g%er%gdélha&s S gL on

medi um such as the I nternet. ng on cer
requi r eRISIittede i G FASAYSSIQRF m@@ﬂéﬁi ielras| ®vitekass lﬁr@n$mlp$lemémdetdn|qn hairddar e

or 10N Seidswadston Mb@umRLIEREME bkt can be perfornmed using a digital storage
medium for exanple a floppy disk, a DvD, a Blu-Ray, a CD, a ROM a PROV
an 15 EPROM an EEPROM or a FLASH menory, having el ectronically readable

cont rol als stored there which co pe re .capable o

cooper aPIII?'I %(’(nhceﬁtalﬁlrlgﬁ)ﬁ] é?ﬁ?gag fon rﬁ%’rﬁ’fme@f E?‘ﬁm% 6’&:&{6}1‘31’ RB C?%E?)ectl ve
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of toopBFRY me@mndwtr@relwgn@ﬁﬁly readable pentrobsignal t he
met hOdSstQ&ﬁQlﬁdr&ﬁfj “}h@dlﬁdo'@ péidteR6F ArelchRble @f‘dﬁ)%f)éljaﬁﬂ WRPo g o'éﬁfhﬁxﬁa@é the
present invention c npl enented as.a co gram product with
a pr ogr%‘?ﬁ’%ﬁesy“?ﬁlesugli‘ aﬁ‘f%rﬁﬁ?a‘é“‘f?e‘f‘?fgo%ﬁé%e&g%%defTé?Freg%fP’ftB? gﬁ‘@l BHELDf t he
met hodsmethiem mhg be corppiiter repdabiy. am product runs on a conputer. The program
code may for exanple be stored on a nmachi ne readable carrier. O her
enbodi ments conprise the conputer programfor performng one of the methods

30descri bed herein, stored on a machine readable carrier. 44 WO
20129 0480ma p@bp@p@g‘@@pgggmggo the invention comprise a data carrier having electronically

readable control signals, which are capable of cooperating with a programmable computer
system, such that one of the methods described herein is performed.

Generally, embodiments of the present invention can be implemented as a computer program
25  product with a program code, the program code being operative for performing one of the
methods when the computer program product runs on a computer. The program code may for

example be stored on a machine readable carrier.

Other embodiments comprise the computer program for performing one of the methods
30  described herein, stored on a machine readable carrier.



In other words, an enbodi ment of the inventive nmethod is, therefore, a
conput er program having a program cod or perform ng one of the nethods
descri bedvbensimgoowhen the conputer programruns on a ceowEPesL/0651$ urt her
enbodi ment of the inventive nmethods is, therefore, a data carrier (or a
digital storage nedium or a conputer-readabl e nedium conprising, recorded
t hereon, the conputer programfor perform ng one of the nethods described
her ei n. Infthkerdenrds, @arenibediment ef thegnveative tethmges, tesotefiora, arcotrpeter pograbed medi um

are typhfhald ¥ploghoh D& BPELRY, c'éﬁer (%Qfgé A Mescxjigedahefré’iﬁ:[ Whén GEPOdi ment of

the inventive nethod is, ere%o , ata stream or a seguence of signals
r epr es efRRECTHRRSTABHYDT @1 2 BPBBREM f or perforni ng one of the methods

descri bed herein. The data stream or the sequence of signals may for
exanpl e be configured to be transferred via a data conmuni cation

connect | faor .example.yia the Internet. .15 furt her enpodi pent conpri ses
a pggce}égﬁ%er bﬁgl,m%Pfﬁ'ﬁ?é%eln VaIERIRgE {5e Pretefprea ﬂ?%@%‘ﬁ%laé{@@é)i c devi ce,
conf i gusterdge mediuma daptcenhptier-padile mednen)ofonpnsingetdooded tdesami thedohmpuein.
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f ur t her Stelgs@ dicfii onibe sicgrded meslivm erd typisally sngibbmand/ wewnatmansisisaamt us or a
system configured to transfer (for exanple, electronically or optically) a

conput er program for perform ng one of the nethods described herein to a
uter, a nobil e, device,

recej ver.. The receijver . _for, exanple, 25 be a co

L oo & TR ettt of Tiednvertius HEMRA G (&oteire  dh@rmiaay or porawREa gl o
conpr i segild icpeesagingghe Eanputeraprsfrant fon gertfdrenia opuidiathe nfeﬂ@ﬂaﬂ?icﬁbédle I
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field Sl’é%albgfn’??a_ %ﬁﬁmﬁgb’g@%@?eﬁ%&%@nﬁgﬁ% for B)éa??@? ﬂ]e S%r?@“g?&gﬁe of the

f unct i oeisfarfedyiant dathsomptinsdton egmettied f@®xhAmpLei via therdnsowe enbodi nents, a

field programmabl e gate array nay cooperate with a m croprocessor in order
to performone of the nethods described herein. Generally, the nethods are

ferabl erfqrned by any hardware apparatus.
ere]\Rg Zgﬁyt%g @g%ﬁrﬁégggéyeg ggayq_@ss%ng r%%ans, for example a computer, or a
programmable logic device, configured to or adapted to perform one of the methods described
herein.

A further embodiment comprises a computer having installed thereon the computer program
20  for performing one of the methods described herein.

A further embodiment according to the invention comprises an apparatus or a system
configured to transfer (for example, electronically or optically) a computer program for
performing one of the methods described herein to a receiver. The receiver may, for example,

25  be acomputer, a mobile device, a memory device or the like. The apparatus or system may,

for example, comprise a file server for transferring the computer program to the receiver .

In some embodiments, a programmable logic device (for example a field programmable gate
array) may be used to perform some or all of the functionalities of the methods described

30 herein. In some embodiments, a field programmable gate array may cooperate with a
microprocessor in order to perform one of the methods described herein. Generally, the

methods are preferably performed by any hardware apparatus.



The above described enbodi nents are nerely illustrative for the principles
of the present invention. It is under$tood that nodifications and

vari at i onwoabitvdagosar rangenents and the details descri lped/Breswioss7as | | be
apparent to others skilled in the art. It is the intent, therefore, 5to be
limted only by the scope of the inpending patent clains and not by the
specific details presented by way of description and expl anation of the
enbodi nents herein. 46 WO 2011/ 048094PCT/ EP2010/ 065718 O ai ns 1.

Mul ti -

(322) " opttsee' hsCpaPahuddiiiys it hnadly LERL 18, M RRTAG bFRLPERAT se"
304), tinsentign ilt isowedesdemd &aaémde@ratl@msz@nd 320ptiensndfi ther athngemeeis cad the

gl obal @adiny dé@ér%d%felﬁ Rﬁﬂr%e (aﬁﬁﬁent%g @khe?d sﬁlﬁ@d he Qﬁdlat?& H&Hﬁ@:ﬁﬁl{é@fm 04)

wherein flrst s r.ames bei ng first

mode antél%& L RpLg E?Béhﬁ sqege G?ﬂ*@flmtpﬁ%dlﬂg BAkeat %@nﬁ@né@@éay ﬁhf weaidie éiﬁiﬂﬂ éodl ng
mode, V\prkibn&@l(lﬁf W& édscriitionad eRplandicpWIses erliidideto ABRELd of nore than
one sub-frames (328), decode, per sub-frame of at |east a subset of the
sub-frames (328) of the second subset of frames, a corresponding bitstream
el enment differentially to the gl obal gain value of the respective frane,
and conpl ete decoding the bitstream (36; 304) using the gl obal gain val ue
and the corresponding bitstreamel enment in decoding the sub-franes of the
at | east subset of the sub-franes (328) of the second subset of franes and
the gl obal gain value in decoding the first subset of franmes, wherein the
mul ti-nbde audi o decoder is configured such that a change of the gl obal
gain value of the franes within the encoded bitstream (36; 304) results in
an adjustment (330) of an output |evel (332) of the decoded representation
(322) of the audio content (24; 302). 2. Milti-node audi o decoder according
to claiml1, wherein the first coding node is a frequency donai n codi ng
node, and the second coding node is a linear prediction coding node. 30

3. Multi-node audi o decoder according to claim2, wherein the nulti-node
audi o decoder is configured to, in conpleting the decodi ng of the encoded
bitstream (36; 304), decode the sub-frames of the at |east subset of the
sub-frames (328) of the second subset of frames (310) by using transforned
excitation linear prediction decoding, and decode a disjoined subset of the
sub-frames of the second subset of the



35franes by use of CELP. 47 WO
2011/ 048094PCT/ EP2010/ 065718 4. Ml ti %pde audi o decoder accor di ng to any
of cl ai mewd 20n1/6dg0owherein the nmul ti-node audi o decoder peTEPRITOYES7EE t O
decode, per frame of the second subset (326) of the franmes, a further
bitstream el ement revealing a deconposition of the respective franme into
one or nore sub-franmes. 5 5. Milti-node audi o decoder according to any of
the previous clains, wherein the fra@esmef the second subset are of equal
| ength, and the at |east subset of the sub-franes (328) of the second
subset of franes have a varying sanple |ength selected fromthe group
consi stlng JYlubisgmode audig dgcadsp gl 29a EE(P)ef@r Pevering didsgasied sepresgbiagion ¢322) toé
sub-frames 1Rda28&ntdh@VEs; 303PHPINE bS8t bh &fcodRBoiedERheS6; ﬁ}4?],|\ﬂ¥é huttRiGe audi o

decaqder according t f the previous clains, wherein the nulti-node
audi%o decodequ%qugeé’Bg?rig%Q;g’ao}%0 #9d°t he gl obal gain val ue on fixed number
of bits and the bitstream el enent on a vari able nunber of bits, the nunber
depending o I . of 4 he p i sub-fr e |,z ode
Sunt o docoadctadt SRMLE BN B el (BIPSFY'of I il Bisachim, 0 Shaie

audi o decodewhdreingpfifst gubseti (329) oé tlodfambe befhp bafledyin o fivsil codingnmbdexaatl munber
of bits and P st : i I I: 4 S 0 8.
Mul ti - node a%g?rgﬁﬁ%ggd(g?é)f gfr{h%r%w gi %éﬁgg%ggge%g(%&gg? ggﬁe{ﬁg é?é%fghwftﬁlsef)cgof an

e
audi cont enffamesof the senpad subset bing prraprsgd B mote bamrpesbyirames BR8% subset of
frames of which is CELP coded and a second subset of frames of which is

st o m coted,, thea B TPAS, 200, eCaer OB PLAT, 28 2, CoLE decoder
decoder conpofifeinig; a aorrespondiag ibitstrgeneleaieny différa)ialtornf the gloddl f4in gaendt e a
current exci thggésggct&é%ne, and
15
complete decoding the bitstream (36; 304) using the global gain value and the
corresponding bitstream element in decoding the sub-frames of the at least subset of
the sub-frames (328) of the second subset of frames and the global gain value in
decoding the first subset of frames,
20
wherein the multi-mode audio decoder is configured such that a change of the global
gain value of the frames within the encoded bitstream (36; 304) results in an
adjustment (330) of an output level (332) of the decoded representation (322) of the
audio content (24; 302).
25
2. Multi-mode audio decoder according to claim 1, wherein the first coding mode is a
frequency domain coding mode, and the second coding mode is a linear prediction
coding mode.

30 3. Multi-mode audio decoder according to claim 2, wherein the multi-mode audio
decoder is configured to, in completing the decoding of the encoded bitstream (36;
304), decode the sub-frames of the at least subset of the sub-frames (328) of the
second subset of frames (310) by using transformed excitation linear prediction
decoding, and decode a disjoined subset of the sub-frames of the second subset of the
35 frames by use of CELP.



30 of the current frame of the first %ubset by constructing an codebook
excitation based on a past excitation 4(446) and an codebook i ndex (448) of
t he currewd 2brizaeovaf the first subset within the encodedgchinpsinw@ssms and
setting a gain of the codebook excitation based on a gl obal gain val ue
(450) wthin the encoded bitstream (434); and 48 WO

2011/ 048094PCT/ EP2010/ 065718 a |inear prediction synthesis filter (442)
confi guw-ed tMulti-inpde andie decnderntcording taanyorf ¢l4idnt)1 tvad evhepein lthayealti-mode
prediction fj ol ( 0 r id st
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to decode a Eamgseafurthes bitsiggam plementisheplgisdacomporitionr of thetrpspgciiyrelttma)

i nf or mat i on hyrodeh? nsd#e Eetrafnegne of the second subset fromthe encoded

bi t§tream (434) and perform ng a spectral-to-time-domain 10 transformation
onto the spectral information to obtain a tinme-domain signal such that a

| evel df. t heMultimmodoawdio dscogoaiccdrienidang of theeprefiolradlaigai wheainuhe (rdb@y . 9.
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20e¥coded biB38)hayap sawnletlenath o204 s8R i on codebook excitation based on

an i nnovation codebook index for the current frame of the first subset

i t hi h ded ,bi t st 25set. th i f t b .
oxci t at Pon, WoBERRdE pidihgEe il s Rine Bt e bikuRhs bRGRS SHSEAT e -
gl obal gai n medaisudielBEoded iskionfigired endaddd thei glstal gaim vatuecon fixed numlgowibi ne
the adaptive,c00a000k;:&xGht AbhaRt ANPvEBId ARYRLE ‘Bﬂs,ccﬁgﬁ&ﬂgé depending on

15 a sample length of the respective sub-frame.

7. Multi-mode audio decoder according to any of claims 1 to 5, wherein the multi-mode
audio decoder is configured to decode the global gain value on fixed number of bits
and to decode the bitstream element on fixed number of bits.

20

8. Multi-mode audio decoder for providing a decoded representation (432) of an audio
content on the basis of an encoded bitstream (434), a first subset of frames of which is
CELP coded and a second subset of frames of which is transform coded, the multi-
mode audio decoder comprising:

25
a CELP decoder (436) configured to decode a current frame of the first subset, the
CELP decoder comprising:

an excitation generator (440) configured to generate a current excitation (444)
30 of the current frame of the first subset by constructing an codebook excitation
based on a past excitation (446) and an codebook index (448) of the current
frame of the first subset within the encoded bitstream, and setting a gain of the
codebook excitation based on a global gain value (450) within the encoded
bitstream (434); and
35



30excitation to obtain the current excitation (444) of the current franme of
the first subset. 10. Milti-node audi #8decoder accor di ng to claim8 or 9,
wher ei n twe 2briansdser m decoder (438) is configured such Poaterede/osest r al
information relates to a current excitation of 35 the current frane of the
second subset, and the transform decoder (438) is further configured to, in
decoding the current franme of the second subset, spectrally formthe
current excitati onlimbart peedoutionesyntiiasaniltof (442 sedigutkeds wbsiteratheotwiey to a

| i near ot . . L ER20104 065718
prediction synt heesxlcgatﬁnl §4ér4 ) tbr61 %erﬁlsf) Iérh eﬁ%é’f"i%é"n Bgﬁl} ‘%\r/egp%%@g?ﬁ%ggﬁpfoédélgti on
filter coeffici erfusrepyisame phthetise sabyet withirf the gecoded biigresmsond subset within
the encoded bitstream (434) so that the performance of the

spectral -to-tjne-domyjn transfornati on onto, the spectral |nformation
results in t%ga%?é%gg‘@%? Qﬁ?oggﬁﬁ? teuERd ‘(Ozlcg’ﬁ?deo? cygent fragreooisihe seemd subesp,
402). 11. Mbyti-node audi o decoder according to claim 10, wherein the
transform decoder (438) is configured to performthe spectral formation by

converting the linear prediction filter coefficients (454) into a |linear
predi cti on spect raomstawdingespgdital ngforhatiapéut thalcutdntnframenaifitbe sefont rvabsatir r ent
excitation with the I i CL e Tén L fnde audi o .
decoder according to t%ﬁ%ﬁ%?dggﬁgfsﬁé&g%g‘%%d a%zor i %ggg%tf%ﬂgﬁg%mﬁdg%%der
(438) is confi gurteansfosmaiien enfonthesspeetral dnformpidemin ioblginyg ttime-Aemginotiagnal gai n

value. 15 13. Milgdych imde @vsli F tHe Eiattedorisif QlghNdedefds bRIHB SloBAl %in VhagEei n
the transform dec(%g&g (438) is configured to construct the spectral
u

information for t rrent franme of the second subset by use of spectral
transform coefficients within the encoded bitstream (434), and scale

factorsqw t hy e I15.S for scal Lbng.the ectral. transform 20
coeffi c?'e nt M H}gl%gge%gl? {r%ageclg% Fl %rné{cg)?ﬁmfl%q%f&aéga?’e%fh Srcefl})?ﬁ)ebg)ﬁcd%{tlow g(eﬂergféél i ng
t hel3scal e f ddttoris donfgaredito,tihgendrotiad thgaiurena¢xeiation(4dd) vbthetuaient frime
decoded reprgspohat k@dkeOf the audio content. 14. CELP decoder conprising:
25 an excitation generator (540) configured to generate a current

excitation (542) for a current frame of a bitstream (544) by
construct an adaptive codebook excitation based on a past excitation and an

adaptive codebook index of the current frame of the first subset within the
20 encoded bitstream;

construct an innovation codebook excitation based on an innovation codebook

index for the current frame of the first subset within the encoded bitstream;

25 set, as the gain of the codebook excitation, a gain of the innovation codebook
excitation based on the global gain value (450) within the encoded bitstream;
and

combine the adaptive codebook excitation and the innovation codebook
30 excitation to obtain the current excitation (444) of the current frame of the first
subset.

10.  Multi-mode audio decoder according to claim 8 or'9, wherein the transform decoder

(438) is configured such that the spectral information relates to a current excitation of

35 the current frame of the second subset, and the transform decoder (438) is further
configured to, in decoding the current frame of the second subset, spectrally form the

current excitation of the current frame of the second subset according to a linear



constructing an adapti ve codebook excitation (546) based on a past
excitation (548) 30and an adaptive cod@book i ndex (550) for the current
frame w tworotiasdut st ream (544); constructing an i nnovaCrer2e0aeiTeok
excitation (552) based on an innovation codebook index (554) for the
current frame within the bitstream (544); 35conputing an estimte of an
energy of the innovation codebook excitation (546) spectrally weighted by a
vei ght ed | i neediciorediyothesin Sltert loessfsr fluhetem alefised Ut dihebrr quedictiearfilter

di ct f : i Ch i 4
By ' 50 BT S e Mhp stk Pl eodld Stige RitefiP e deoddh
codebook ex chltsaﬁala 434959 thay dbe gerfprmane el e ispecimakio- tamg1d@mn wansforyatige

(560) withi rbrﬁ@qlebspteétwqmﬁm re@iles fnhBle A8¢JIRBLEHRRREON ( 4@3%@9@9&&6 ng
t he adaptive code&gﬁ citation (546) and the innovation ebook

excitation (W8S ln the current excitation (542); and a |inear

prediction synthesis filter (542) configured to filter the current

t at e | i ne dic fi.lter co icie
CELP deroderARkmoaF BGF et Gy poeRiMie RLOEEtd Rl HEROR kRl S5 60,
66, 146, 416s cxmﬁgumdmo pEroymithe (smcﬁnabﬁwradltlbo byi mmeﬂmgrthcthnng piediciidapt i ve
codebook excﬁltté‘tc'o?ﬁ' cﬁe‘?@sﬁ 4527 Gy o5a4ﬁﬂear c!éituﬁf nl Pecthdita SXVGélé}ﬂ dﬁg (s?écg%al455 .

524, 548) with a ter epen adaptive co deboo
54610 556) . drformgienelthe SO GRAEI0D veﬂaﬁhmhmar@remlon\me‘rt@m} the excitation
generator (540) is conflgured to construct the innovation codebook

excitat] on ( .h Iat er co ses a,zer ctor_ with a nunber
of non- @gﬁi@gge RO %m%r a8y IB&‘? n%ﬂg clgims § do gnwg Erg tbmfé%%fm%l ng

i ndi cat ed bydet:tm:rl(nﬂ&)/wt catfignadietoosdald tidespetbddinfortiatibh dedoder glabslogaih ng t o
any of claing,14 to 16, wherein the excitation generator (540) is

configured to, Tn conmputing the estinate of the energy of the innovation
codebook excitation, filter the innovation codebook excitation (552) wth

Ltis (293, : Asdi- fﬂo@gﬁﬂ&lé)dec&[fé? a8t d2dinB 8o lcldigad oP 9 e@dh&tinOfe Qbﬁﬂgf{aﬁﬁ'cﬁcgde“ er
IS conflgureqagoﬁﬁfn%er he current éxcitation (B42? accordin ,

wherei n *(z)( guraﬁdo §°P5§w&t Berpegtal anforpaatinm fon ghe guremt %ram@ Hh@"l a
11 and a is mdmcghrbfsé spapindl stamsfoant efficidhey @ithint ﬁhe eewdeﬂadnsﬁeam

generator ( red t.o ute. a quadratic s of,. sanpl es
gencracor (40 e U8 Wﬁ%‘ﬁ%ﬁ‘r& Slsourd BETRAS Sa S IRieEe B PR 7ot
t he2(ener gy. coefficients in a spectral granularity of scale factor bands, with scaling the scale
factors based on the global gain value, so as to obtain the decoded representation of
the audio content.

14.  CELP decoder comprising:
25
an excitation generator (540) configured to generate a current excitation (542) for a
current frame of a bitstream (544) by

constructing an adaptive codebook excitation (546) based on a past excitation (548)
30 and an adaptive codebook index (550) for the current frame within the bitstream (544);

constructing an innovation codebook excitation (552) based on an innovation
codebook index (554) for the current frame within the bitstream (544);

35 computing an estimate of an energy of the innovation codebook excitation (546)
spectrally weighted by a weighted linear prediction synthesis filter constructed from
linear prediction filter coefficients (556) within the bitstream (36, 134, 304, 514);



CELP decoder according to any of clains 14 to 17, wherein the excitation
generator (540) is configured to, in d&¥bining the adaptive codebook
excitati ono(briGus@and the 51 WO 2011/ 048094PCT/ EP2010/ O®BTA®2010/0637a8 | ON
codebook excitation (552), forma weighted sum of the adaptive codebook
excitation (546) weighted with a weighting factor depending on the adaptive
codebook i ndex (550), and the innovation codebook excitation (552) weighted
with the gain. 519. SBR decoder conprising a core decoder for decoding
core-coder p, .0 j ] Lo..a I | ding to
any of the peorlealedh of o mibfRE ARk Aot e AR 8 41810 84585k 00,
ener gi es f orglabal gamtvadye BoMIvitin e bitspeam 40440 and therastima®BRnprgy: 4rsh of t he
bitstream and scaling the envel ope energies according to an energy of the
core band signal... 10 20., Mylti-node, audi o encoder configured . to encode an
audilo cont enfforpoiniag that ¥lanive redehogk pexciptian re3oand e Fmematinn sgdebopkr st
subset of frea@kstidn3862) tolobtaif tHeSdurredixaBatia(841)38% and a second subset of
frames (310) in a second codi ng node (312), wherein the second subset of
frames (310) is respectively conposed of one or nore 15 sub-franes (314),
wher ei n t he arihdar predibtion wpintbestnfilvete 642)sconfighned tor Bierttbe datent rkeimtian@4e2ncode

a gl obal gai r . ) d encode, per sub-frames of
at |east a S%hgéslcg{n’ﬂg?ﬁﬁaﬁ%lfIgrgﬁ_@??rgﬁnfgesr%‘?gﬁfﬁgn%ﬁﬁ € second subset (310), a
corllespondi ng bitstreamelement differentially to the global gain value of

the respecti@ELp RERIer WAR&hP tb REAU 4 WHIRGE tRUG RaBHE BelREathS (00861 My, ed
| 20 gain val ue the fr fhin the

such that a cha of the glob 0 a W

encoded bits eggﬁr"é‘ uﬁ@ 1¥ fonfreuscs @stlh%}wtrmﬂngﬁ{ﬂ%@%fw Pg&‘i’PO]éFX‘ém&@Eoded
r elor esenéI ati ((536,0520; Be%)atﬂidiifeﬂt}@qj’akmdcitéﬁﬁﬂM2a%j 446)s24d.e3430 iw(;iglog ')ﬁﬁer. deptnding

Mul ti-node audio_encoder .for. encodi Lo.content (4 into an
encoded 25bi(f%'llhpgg?ﬁ%(vﬁﬁﬁslebﬁgk&‘fféfﬁqé%kggs{)]’n%%agfq)rst subset of franes (406)
of kthe audi o content (402) and transform encoding a second subset of the
frames 08)¢ La i r hSI A aei P
encoder {%o nf cljlg?ifﬁira 2185%88 t g%dggcggg gélgltjl?? gﬁf& 191 ?é rr‘)\gl 9{(%1{ Pﬁe&? I|ta}ﬁsotn %etr} Brsrfl(t'-,\otr . (§%ﬁ§g CELP
30encoder coffpfigareddo Lopstrsh thepinagyationsiedehnekyexeitation1 §p 2 siehi ther the latesr

generate | i nemipriteesizebivedtof with@rmenRt bf foreRirs plikds thef MimBeR@nd Podigdis dfr ame

gf5 t gg fir Stthg lfllgrsl-ezgroaprlll seg gi(r)lg?ncﬁgar{gd llayn%hg irgn%%a‘ggncgo % 00 Iitn éxr FS%EB( 404); and

20

17.  CELP decoder according to any of claims 14 to 16, wherein the excitation generator
(540) is configured to, in computing the estimate of the energy of the innovation

codebook excitation, filter the innovation codebook excitation (552) with

W(z)

25 - >
A(Z) Hemph (Z)

wherein the linear prediction synthesis filter is configured to filter the current
excitation (542) according to 1/ A (z) , wherein W(z) = 21(2/ ¥) and v is a perceptual

1

weighting factor, H, , =1—-«a z~ and a is a high-frequency-emphasis factor, wherein

emph

30 the excitation generator (540) is further configured to compute a quadratic sum of
samples of the filtered innovation codebook excitation to obtain the estimate of the
energy.

18.  CELP decoder according to any of claims 14 to 17, wherein the excitation generator
35 (540) is configured to, in combining the adaptive codebook excitation (546) and the



WO 2011/ 048094PCT/ EP2010/ 065718 predi ction synthesis filter based on the
linear prediction filter coefficients 5(1418) within the encoded bitstream
(404), rewoveris4gd¥e current frame of the first subset, defripreaiolys7as past
excitation (420) and a codebook index (422) for the current frame of the
first subset and encodi ng the codebook index (422) into 5the encoded
bitstream (404); and a transform encoder (412) configured to encode a
current franenov¥ativheodehook dxcitation (532, foenfaoveiphted surh bfithetadatpecitedoottonai n

oot e B DsAs) b ERnAATANTY RpaNahe hlloriiS Az Githe LATR, hadddS

second subset to
spectral i nfiBffat3o8h appths inpevaging sedabopk exditationd 54D #ypighidderidh thetghin.

mul ti-node audi o encoder is configured to encode a gl obal gain val ue (426)
|nto th enc stream. (4 t he gl obal gain val ue dependl ng on an
energy @gﬁg’ieﬁ‘?f‘teb?o‘flﬁrémg&ﬁlfz C@G?ﬂdéﬁfor(d%‘?gn%?orf:ﬁ@ LWOFEM ofig ane of t he
first subsetbltsirlehmeds eﬂtaikﬁa/\tdéhbhﬁthslgndlleﬁorcﬂhgtb &ty sMhépiab ok slafrhd, gy -
dependi ng o i near_prediction coefficien energy o t he
Crpor domai n PR Rer SRS BIndloBRY £ e BB HbF LRl b nibeeul] ofRUGRE: o
anal yzer (502)3110:&1#11‘ ifgur @SB pgetiver fttie bitsteam, prdestaling e ehvdlomr erengés | ci ent s
(508) for a gupf tof dn WAy cgg%#?ge&freg&ﬂI . content (512) and encode the

|

linear prediction Tilter clents ) into a bitstream (514); an
exci® ati on generator (504) configured to determ ne a current excitation

(5 é—f% 0%0 t heM;%ﬁl -BHGIE Sdid eAdRIet 2bRfig@ed taeo C&ﬁ@&ﬂ ah| Qigl@fcoﬁﬁén?@ﬁ%' i‘élg) an
codebook excita ovati.on code exgitatio
whi ch, when §1¢ P%"éf@&s(trﬁﬁlmaps%n@gﬂ e‘ﬁ‘f‘)glb‘fgd‘ fi5th suRsst ﬂgg'f‘%‘ 30ppn %gé‘éﬁo‘i‘ﬁgt he
| i near pr edlmbd@@G&)latndra @a@hﬂlsnbmtoef ftR8) (3 10p dowesesoridneoding medde (3 rlanre o
(510), by 30¢ r ehook exc tat on ned by
a past excit a %}(%)1?11 tﬁg %9’ S&E%eg a \;gf)@ g ePooKk 1 d%??n}f(ﬁsfé)()%r“%i‘? of ﬁ’éore
cur¥ent franubEaags @Gid), evteodnribe nhlétlﬁdvalptaudw wdéetmslconﬁglemd (G déerminto t he
bi tstream (5 encBia global gain value per frame, and determine and encode, per sub-frames
of at least a subset of the sub-frames (314) of the second subset (310), a corresponding
bitstream element differentially to the global gain value of the respective frame,

wherein the multi-mode audio encoder is configured such that a change of the global

20 gain value of the frames within the encoded bitstream results in an adjustment of an
output level of a decoded representation of the audio content (302) at the decoding
side.

21.  Multi-mode audio encoder for encoding an audio content (402) into an encoded

25 bitstream (404) by CELP encoding a first subset of frames (406) of the audio content

(402) and transform encoding a second subset of the frames (408), the multi-mode
audio encoder comprising:

a CELP encoder configured to encode a current frame of the first subset, the CELP
30 encoder comprising

a linear prediction analyzer (414) configured to generate linear prediction filter
coefficients (418) for the current frame of the first subset and encode same into
the encoded bitstream (404); and

35
an excitation generator (416) configured to determine a current excitation (422)
of the current frame of the first subset, which, when filtered by a linear



constructing the innovation codebook e5>t§ci tation (522) defined by an

i nnovati on 35codebook index (528) for *tthe current frame (510) and encodi ng
t he i nnowsbi2on/@e@ebook i ndex (528) into the bitstream eetAP0@O657163 WO
2011/ 048094PCT/ EP2010/ 065718 an energy determ ner (506) configured to
determ ne an energy of a version of the audio content of the current frane
filtered a weighting filter, to obtain a global gain value (530) and
encodi ng the gl olrakdigadmsynttesis f(1680)sef ondhe lmeabhprediction hiltebdepfficiette (418)

wei ghting filter t , 0 i nt s
(508). 23. CELP e&h@gge@y%@gg&%m@a& et r%&%qeﬂree‘ufhrf}i o, TR B e G

predi ction anal yzZabsetsdetined é’Yc?on"FSF §esiston 42D e ‘?Pée‘t’(?ﬂl‘ mﬂ%éﬂrﬂb fdthet i on

filter coefficienfusret®f8he R thé ﬂestrsussreedh@bhmt@nﬁ%muéb@mhu@d(@at td

wi ndowed and, acc rdln pre ned pre-enphasis filter,
pr e~enphasi zed véﬁ%?’b“rﬁ’ 8‘%8‘3 a’é’t@ﬁ tent (512). 24. CELP encoder

according to claim 22 or 23, wherein the excitation generator (504) is

configured ta?traﬁs@ %l'l?g{:&tf% tén\égd 99&@8&%&%%1‘ %, n(i5s%9%]etta“d

the i nnovation CO Imze a percep
distortion nbagfufm@ @tlméOtSDeqtmbdamdindr@éfw@mor( MQ)itln%dom:amm@ﬁ der

accordi ng t o RYrr&t R SFthe decofd gﬁlbsemer%hH sﬁé&?ra%?drhﬁhbﬁ’ 29A598d éﬁé&ie ( )504)

|s configured to, In constructing the adaptive codebook excitation (52
nd® he i nnohaspesirabindupeE/n éstfetlteactn%@?d(tgtztzsam )i ze a percept ual

WEI ghted distortion nmeasure relative to the audio content (512) using a

t ual j ghti filt = el [ ht
Pactor and Avbsteingthd mliimogg atdid cnpqtss s eohtfpurefh RERE o dfpuripyh Vae?
synt hesi s fi(426y intatie enbededi bitstrban ¢4@Y)gthe gbdbai g:hinenalu(eﬁi&ﬁ@nchngomhn guergd to
use the per C&P4 yéglf)%k%ta{ﬂg)z&ﬁté@g%?tl){geélﬂ{};%’t ﬂgmte'o&'ttﬁerﬁrsgﬁlbs&EhFer%QCOder

according to an e excitation enefator (504)

i s Bonfi gur ewith @eplerreabpwﬂ@ﬁor@ sealyss filier deperdieg oo tk@dtr@ahpradlﬁagft cestlsientsi on

of a next 30¢4rl§ﬁ%rmb¥n&§}tbmklnﬂg: -@mdifBRMAt | on codebook excitation energy
estimate by filtering an innovation codebook vector defined by first

informati on contained within the innovation codebook index (522) with 35
22.  CELP encoder comprising

20 a linear prediction analyzer (502) configured to generate linear prediction filter
coefficients (508) for a current frame (510) of an audio content (512) and encode the
linear prediction filter coefficients (508) into a bitstream (514);

an excitation generator (504) configured to determine a current excitation (516) of the

25 current frame (510) as a combination of an adaptive codebook excitation (520) and an
innovation codebook excitation (522), which, when filtered by a linear prediction
synthesis filter based on the linear prediction filter coefficients (508), recovers the
current frame (510), by

30 constructing the adaptive codebook excitation (520) defined by a past excitation (524)
and an adaptive codebook index (526) for the current frame (510) and encoding the
adaptive codebook index (526) into the bitstream (514); and

constructing the innovation codebook excitation (522) defined by an innovation
35 codebook index (528) for the current frame (510) and encoding the innovation
codebook index (528) into the bitstream (514); and



.Wz) , A(z) Henmph(z) 54 WO

2011/ 048094PCT/ EP2010/ 065718 and det er¥i ni ng an energy of the result
filteringwoesultgoowherein 1/:4 (z) is the linear predi cPCoOEPIyOObESS S
filter and depends on the linear prediction filter coefficients, *(z) =
)1(z / y) and y is a perceptual weighting factor, Henph = 1- a z-1 and a is
a 5hi gh-frequency-enphasis factor; formng a rati o between the innovation
codebook excarn endrgy deteenigyr €506) meh&gaed tardemnmn@yaldehﬁgyridfeﬂvhymhhﬁc gkobal

gain val ue 'eﬂld?(f g&{tﬁﬁt%ﬂﬁé Auledt fpa[rﬁéjh &168 Ht’me%ﬁltgwlt# OB'J[a}ﬁ L lotb {gaHg q

prediction gain novat i on co
within the |Yﬁ1ﬂéﬁ/éi3|%rﬁmé(¢@é%b& then glokal( gazz)vaa@ @38k ovadhg hftsrrqam (iir‘i),tiﬂner eof ,

to yield an @eihihg fiRGQsathRA fﬁﬁﬁ&i@qméalgﬁb&icu@mué%efﬂ&énks\/ sggperating the
past_ excitation for the next frame by conbining the adaptlve codebook

excit ati on (520) and the innovation codebook excitation (522) with
vei ghti28g t l‘(éELBtehecheNabdbrcﬂlhg t@@IalLtﬁ|22l, er&d tl&ﬂltﬁ:@ﬂpféﬁwﬁoﬁ&hﬁlyzer (502) is

27. Mul ti - nod df t at
(522) of  poamarntiedn 0GRl Hihe "o e “breliefin MU, SoehRERAS oS v iR "
(36; 304), t predln’eorhemlwmpplmdrrgltmemddmechagl cbedrdiygito a/piledetemeined peere
(324, 326) ofpy ﬁagls%ﬁ@gf@e}ﬁhhés&% %%}s(o%ﬁ ﬁQéﬁdm\é&ﬁé '(§1§5f'f5t subset (324)

of the franes beling co I rst co node an second subset
(328) of the frames being coded in a second codi ng node, with each

24.  CELP encoder according to claim 22 or 23, wherein the excitation generator (504) is
configured to, in constructing the adaptive codebook excitation (520) and the
innovation codebook excitation (522), minimize a perceptual weighted distortion
measure relative to the audio content (512).

15

25.  CELP encoder according to any of claims 22 to 24, wherein the excitation generator
(504) is configured to, in constructing the adaptive codebook excitation (520) and the
innovation codebook excitation (522), minimize a perceptual weighted distortion

measure relative to the audio content (512) using a perceptual weighting filter
20

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

wherein v is a perceptual weighting factor and A(z) is 1/H(z), wherein H(z) is the
25 linear prediction synthesis filter, and wherein the energy determiner (506)is configured
to use the perceptual weighting filter as a weighting filter.

26.  CELP encoder according to any of claims 22 to 25, wherein the excitation generator
(504) is configured to perform an excitation update to obtain a past excitation of a next
30 frame, by

estimating an innovation codebook excitation energy estimate by filtering an
innovation codebook vector defined by first information contained within the
innovation codebook index (522) with
35
W (2)
A(2) H ()



frame of the second subset being conposed of nore than one sub-franes
(328), decodi ng, per sub-frane of4at | east a subset of the sub-franes
(328) of wbeosaaswd subset of franmes, a correspondi ng biptsiEreanioes7esrent
differentially to the gl obal gain 30val ue of the respective franme, and
conpl eting decoding the bitstream (36; 304) using the gl obal gain value and
the correspondi ng bitstream el enment in decoding the sub-franes of the at

| east subset of the sub frarres (328) of the second subset of frames and the

gl obal gai n AaldéRrh & th@?esﬁltmnﬁ%’{;é%@ltt \Qﬁerélﬁqyrﬁ§z) is the linear
55 WD 2011/ 048094PCT/ 2010/ 65718 wherein ti-node audi o decodi ng

met hod is perredictinssysthenistiigr and @ﬁmn@eeommeﬂlneargxr@b@nong’dm coeffigientsf t he
frames withiwihe grgeodeshddi ik stperRpiuaBlReig fab@BUHL S, L N—anz adhggliggnt
(330) of an out%ﬁt Pe@gl (?32) pgf ?%ue decggﬁej% represént ation (322) of the
audiSo cont ertiglf-B¢qued0pyemphasig@facidn] t i - node audi o decodi ng nehtod for

provi ding a decoded representation (432) of an audio content on the basis
of an encoded bitstream (434), a first subset of frames of which is CELP
coded and a second subset of franes of which is transform coded, the nethod

80”135' sing: fbfinfak laPraﬁl@Bé’thetBﬂt}@ iAEVaBoh c%d'e@@@k ?Ictlthh&l Erer esﬁxﬁﬁ?eﬁénd dnhe CtELP
ecoder conprisin ener.a current excitati o} e curren
frame of  themeT e byhe Blohek i v H@‘“a%d%féaé’gﬁ‘&)‘ka@i?éﬁla{l%‘ﬁ’ based on a
pasito excitation (446) and an 15 codebook i ndex (448) of the current frame
of the first_s the enc d. hit rean. ing a gain of the
codebook excrﬂﬂglpf %&5‘3 H)nagatﬂ\gﬁgﬁn ngt VA 8 ?%(f) r%létﬁ ni%CttoFue encoded
bi t stream ( 4®¢)a;nea1mzhthm the inno¥ation eotﬂe’oQOl( heiex (5220 a5 a escwnd anfoomat{ofghgredlas ed
on linear pry 83’1&&%&?9 bl Vaﬁgﬁgﬁ&%bﬁﬁgﬂhsﬂ@“&) for the current franme of

the first subset wt |nt e enco stteam

15 actually generating the past excitation for the next frame by combining the adaptive
codebook excitation (520) and the innovation codebook excitation (522) with

weighting the latter with the actual innovation codebook gain.

27.  Multi-mode audio decoding method for providing a decoded representation (322) of
20 audio content (24; 302) on the basis of an encoded bitstream (36; 304), the method

comprising

decoding a global gain value per frame (324, 326) of the encoded bitstream (36; 304),
wherein a first subset (324) of the frames being coded in a first coding mode and a

25 second subset (326) of the frames being coded in a second coding mode, with each
frame of the second subset being composed of more than one sub-frames (328),

decoding, per sub-frame of at least a subset of the sub-frames (328) of the second
subset of frames, a corresponding bitstream element differentially to the global gain

30 value of the respective frame, and

completing decoding the bitstream (36; 304) using the global gain value and the

corresponding bitstream element in decoding the sub-frames of the at least subset of

the sub-frames (328) of the second subset of frames and the global gain value in
35 decoding the first subset of frames,



transform decoding a current franme of the second subset by 25constructing
spectral information for the current PPane of the second subset fromthe
encoded bwpbreasog434) and perform ng a spectral -to-ti FeTdPo®ion6s718
transformati on onto the spectral information to obtain a tine-domain signal
such that a level of the tine-domain signal depends on the global gain

val ue (450). 30 29. CELP decodi ng nethod conprising: generating a current
excitation (WB%Rinthgrmaltempdemtdid denpdingfmethdd tsgterfoaned §44 thdiyn cBoegenstthaict i ng
an adaptive g%g i i . 'E@éﬁn i I b4 and
an adaptive cpdg%%gtva%giﬁ&%&%@? ﬁgégﬁcrogg%?) it r arre@v%gty’gia#egﬁlg(& ?Rst ream
(544): adjustment (330) of an output level (332) ofgheprdecrded reprggoRRor (332 ef0he65718

construct i nguaid doRfkay@4t sgn)codebook excitation (552) based on an innovation
codebook i ndex (554) for the current frame within the bitstream (544);
5CO§Duti ng an estimate of an energy of the innovation codebook excitation
(546) spct Milkiymosdd ghiiededoging meitghfoe gprdvidiegy dpewidd edpreseniyion (M3 sféd | t er

q ; PR 0 ¥ ot f L W
bi t ot r eam ( 208 gtAERH REEAIEH: Bl eheddkfhiSa, LS Y Bt SbL P B BED ook
exci tation (B8 isHaElel) codedaanda segombsubsesroidraghessdIwlgeli is treabioem(®6ed, thé t hi n

the bitstregpuefhm@ishd he estimted energy; and conbi ni ng
t he adaptive codebook excitation (546) and the innovation codebook

15d8ci tati on (552) to obtain the current excitation (542); and filtering

the current GXE datbldig ot RAGEOS BB firfi@ubden @iRd CBIRdecddeP orhpridiSy:
coefficients (556) by a linear prediction synthesis filter (542). 20

30. Mul ti-nmode audi o encodi ng nmet hod conprising encodi ng an audi o cont ent
(302) into generating a current excitation (444) of the current frame of the first subset by

constructing an codebook excitation based on a past excitation (446) and an

15 codebook index (448) of the current frame of the first subset within the
encoded bitstream, and setting a gain of the codebook excitation based on a
global gain value (450) within the encoded bitstream (434); and

filtering the current excitation (444) based on linear prediction filter
20 coefficients (452) for the current frame of the first subset within the encoded
bitstream;

transform decoding a current frame of the second subset by

25 constructing spectral information for the current frame of the second subset
from the encoded bitstream (434) and performing a spectral-to-time-domain
transformation onto the spectral information to obtain a time-domain signal
such that a level of the time-domain signal depends on the global gain value
(450).

30

29.  CELP decoding method comprising:

generating a current excitation (542) for a current frame of a bitstream (544) by
35 constructing an adaptive codebook excitation (546) based on a past excitation

(548) and an adaptive codebook index (550) for the current frame within the
bitstream (544);



an encoded bitstream (304) with encodi %g a first subset of franmes (306) in
a first coding node (308) and a second®subset of franes (310) in a second
codi ng noale 20B1@3p94wWher ei n t he second subset of franmes @E8TEP2019/065718
respectively conposed of one or nore sub-frames (314), wherein the

mul ti-nmode audi o encodi ng nmethod further 25 conprises determ ning and
encodi ng a gl obal gain value per franme, and determ ne and encode, per
sub-frames of at |east a subset of the sub-frames (314) of the second

subset (310), a c%ﬁ&%thf‘e‘ﬁﬂg%' ﬂgo&bdtltoﬁt(fo%@l%o@ é&%ﬁ&ﬁoxﬂtésfz rbaggd' @A oY i gﬁeb

gl obal gain valu re Ive franme, wherein t

encodi ng net hod ‘ioget&?ﬁ(fl’é‘?%gg%@htmﬁ&fre% f??r’i‘&"rﬁjgh‘éi‘fth? h’é“’ij’?@tféﬁ gai n vaI ue of
the frames within the encoded bitstream 30results in an adjustment of an
out | evel of a decoded res ntation dio nt.ent 02 t he
Gocadi ng i de. STNCE Shsuanas af ob Sherahehtetnaloh SreBRub Sraigant sl o
content (402) i rﬂpectaihly we1ghted¢>gcbedzetghtesltlnmnp(edmpnmynﬁﬁESJPﬁhanMStrgctadf| rst
subset of frane 6)( gt odi ng
a second subset %réﬁ?ﬁﬁlm%%&%ggona@géé%oﬁﬁ&ﬁm% )”&%ﬁé aut ?r(%ﬁg c}?%?t%et hod
conprising: 57 332011/ 048094PCT/ EP2010/ 065718 encoding a current frane of

the first subset, the CELP encoder conprising perform ng |inear

iction anaIyS|sto ene e.linear prediction filter efficients (418)
for %t he current S1iRged & ﬁé%q fopvaippseqde gﬂ‘&( grettien ane g‘i‘?@% o AdaéPcoded

bi t st ream (404) ;beanekndelebali ghim galae ¢S60) avithie Xitd bitstriean (64823ndothe ehimered r ent
frame of the firgst sub(fat which, when filtered by a linear prediction
synthesis filter Lo Bn the | i near prediction filter coefficients (418)
wi thin the encoded bitstream (404), recovers 10 the current franme of the

P L e
(422) into the exetidfian GPDoobinn Kh&@lwente?ﬁﬁlt?é}%daﬁ}ga@ current frame of the
second subset by performing a time-to- spect r aI 15 domai n transformation
ontoa i e domusianal, Lot bie SUISRY AT oL L6 Seoand subsel Lo
t he encoded (656)sly ehmat Afddjctiontsetthesis filex (f4d)t | - node audi o encodi ng net hod
further conprises encoding a gl obal
20  30. Multi-mode audio encoding method comprising encoding an audio content (302) into
an encoded bitstream (304) with encoding a first subset of frames (306) in a first
coding mode (308) and a second subset of frames (310) in a second coding mode
(312), wherein the second subset of frames (310) is respectively composed of one or
more sub-frames (314), wherein the multi-mode audio encoding method further
25 comprises determining and encoding a global gain value per frame, and determine and
encode, per sub-frames of at least a subset of the sub-frames (314) of the second
subset (310), a corresponding bitstream element differentially to the global gain value
of the respective frame, wherein the multi-mode audio encoding method is performed
such that a change of the global gain value of the frames within the encoded bitstream
30 results in an adjustment of an output level of a decoded representation of the audio
content (302) at the decoding side.

31.  Multi-mode audio encoding method for encoding an audio content (402) into an

encoded bitstream (404) by CELP encoding a first subset of frames (406) of the audio

35 content (402) and transform encoding a second subset of the frames (408), the multi-
mode audio encoding method comprising:



20 gain value (426) into the encoded bitstream (404), the gl obal gain val ue
dependi ng on an energy of a version of°’t he audi o cont ent (402) of the
current fwermsraisdohe first subset, filtered with the |i rezmErpoodsis on
analysis filter depending on the linear prediction coefficients (418), or
an energy of the tinme-domain signal. 25 32. CELP encodi ng net hod conpri si ng
Performng linear prediction analysis to generate linear prediction filter
coef fi ci ent sencddi8y afcorrent foume efithe firshmubses 1) CBEP emcodadéommsitgent (512) and
encode the linear prediction filter coefficients (508) into a bitstream
(514); 30 determning a current excitation (516) of the current frame (510)
as a conbi nati on RerfoFRIngq dipeary predisgion oanel it ito agsnstat¢ Sawpr amedigtion fHtsvat i on

codebook exci t at i Qaffichetds (4190ck he MRAL fridb OF B M¥ AbldiRRAEnRIE LAt iR
synthhesis filter based on, the | |a8%{;ag£ed| ction filter coefficients (508),

recovers the cur r8RfNGOAsdRItTERE 58
WO 2011/ 048094PCT/ EP2010/ 065718 constructi ng the adapti ve codebook

itati 520 el a _past .exci iQ 524 d an.adaptiv

codebook 1 ndox ( Sorape AsePPifT LBe) BEvseikat BB ar 1 Bt s  ve
codebook i ndex (52@yh,iwhen fikeredby st lireanpiedictipn spmtbese Ghert based bnghd hisear
i nnovati on codeb : | i i i i 0
ndex (528) for theens! Bl BRMCRAR () WA Y (ABaLT DR ALRI0PPAER0AS
codébook index (Sh8yruirartdrameobhesiineathses dafinednya pesteppitiiong4ah) erbrgy of
?_ ?/er Si otn of b% he @Uélbc?bkgﬁdi@xe(ﬂ_lzzpﬂ(or l&l{eea@xgh% fithe gfﬁﬁmrgﬂ §ub§%{t%ﬂd @rllc:bgil?gethght' ng

ilter, to obtain a val ue and encadi n e gl obal” gain
val ue (530) into Ctoﬁggor?%tlg‘{k’rxg@h&(@?iﬁ? e‘ﬁ‘ﬁ’é"’%\@ﬂﬁﬁﬂ"r@g& F‘g‘ér construed from
the linear prediction filter coefficients (508). 33. Conputer program having

a program co - i n nj 0 1 uter, a. nethog
accor di ng toeqlgﬂ{l/lgé fzp ?P%?J&Bn}r%ge to%'geggnd 0%l b? pe?ﬁ)%%Png g time-to spec&gl
15 domain transformation onto a time-domain signal for the current frame of the second
subset to obtain spectral information (424) and encode the spectral information into

the encoded bitstream (404),

wherein the multi-mode audio encoding method further comprises encoding a global
20 gain value (426) into the encoded bitstream (404), the global gain value depending on
an energy of a version of the audio content (402) of the current frame of the first
subset, filtered with the linear prediction analysis filter depending on the linear

prediction coefficients (418), or an energy of the time-domain signal.
25 32.  CELP encoding method comprising

Performing linear prediction analysis to generate linear prediction filter coefficients
(508) for a current frame (510) of an audio content (512) and encode the linear
prediction filter coefficients (508) into a bitstream (514);

30
determining a current excitation (516) of the current frame (510) as a combination of
an adaptive codebook excitation (520) and an innovation codebook excitation (522),
which, when filtered by a linear prediction synthesis filter based on the linear

prediction filter coefficients (508), recovers the current frame (510), by
35
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33.

58
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constructing the adaptive codebook excitation (520) defined by a past excitation
(524) and an adaptive codebook index (526) for the current frame (510) and
encoding the adaptive codebook index (526) into the bitstream (514); and

constructing the innovation codebook excitation (522) defined by an innovation
codebook index (528) for the current frame (510) and encoding the innovation
codebook index (528) into the bitstream (514); and

determining an energy of a version of the audio content of the current frame filtered a
weighting filter, to obtain a global gain value (530) and encoding the global gain value
(530) into the bitstream (514), the weighting filter construed from the linear prediction
filter coefficients (508).

Computer program having a program code for performing, when running on a
computer, a method according to any of claims 27 to 32.



