WO 20101003545PCT1EP20091004522 An apparatus and a method for decoding an encoded audio
signal 5Specification The present invention relates to an apparatus and a method for decoding an
encoded audi@3ignah:&x apparatus for encoding, a method for encoding pagEm@udeasaignal. 10 In
the art, frequency domain coding schemes such as MP3 or ARC are known. These frequency-domain
encoders are based on a time-domain/frequency-domain conversion, a subsequent quantization
stage, in which the quantization error is 15 controlled using information from a psychoacoustic module,
and an encoding 8mpepReeainisthengl antretvpd chakcdeffioditgzand cenesgeddmgdide
information are entropy-encoded using code tablegig@ 430 the other hand there are encoders that are
very well suited to speech processing such as the AMR-WS+ as described in 3GPP TS 26.290. Such
speech coding schemes perform a Linear Predictive filtering of a time-domain signal. Such a LP
filtering is derived from a Linear 25 Prediction analysis of the input time-domain signal. The resulting
LP filter cdefficients are then coded and transfiptted scside arformation. The process is known as
Linear Prediction Coding (LPC). At the output of the filter, the prediction residual signal or prediction
error 30 signal which irseaslgo tkng}/}vg %Stt{‘enex§éti1§%% ssigCncg;lI gsnerécodaelga%suigg g;]edana%sightﬁl&synthesis
stages of the A Lﬁbencog.er ot alternatively. is encoded using &itransform encoder Which Uses a
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high band in ordgat te-precicidbadigh:band sighad froam extracting lower band features. 20

20 On the other hand there are encoders that are very well
suited to speech processing such as  the AMR-WB+ as
described in 3GPP TS 26.290. Such speech coding schemes
perform a Linear Predictive filtering of a time-domain
signal. Such a LP filtering is derived from a Linear

25 Prediction analysis of the input time-domain signal. The
resulting LP filter coefficients are then coded and
transmitted as side information. The process is known as
Linear Prediction <Coding (LPC). At the output of the
filter, the prediction residual signal or prediction error

30 signal which is also known as the excitation signal is
encoded using the analysis-by-synthesis stages of the ACELP
encoder or, alternatively, 1s encoded using a transform
encoder which uses a Fourier transform with an overlap. The
decision between the ACELP coding and the Transform Coded

35 eXcitation coding which is also called TCX coding is done
using a closed loop or an open lcoop algorithm.



SBR is, for example, used in HE-AAC or AAC+SBR. In SBR it is possible to dynamically change the
crossover frequency (EWE start frequency) as well as the temporal resolution meaning the number of

parameter S%\tf%(z%nélfﬁlg? s) per frame. 25 AMR-WB+ implements a time %W@%&(?%XVE th extension

in combination Wlt a switched time/frequency dognain core coder, giving goo 10 quality especially
for speech signals. A limiting factor to AMR-WB+ audio quality is the audio bandwidth common to both
core codecs and EWE start 30 frequency that is one quarter of the system's internal sampling

frequency. wmgéeee%@ﬁmoa@mh meged is capable toskeerkspesditRignads qgiite wellgver the full
bandwidth, the Ef%%;@% omgin audinga %ﬁrsfaﬂmdgh\iw%c&%%@gtygw samegeneral audio

signals. Thus, speec 5 scheme ow a high qualit eech signals even at low bit rates,
but show a poBFBG&ﬁy?&Fmﬁsrﬁpﬁﬁﬁég t RRF DI ’Wé f§/b8§52f %?@5009%64522 3
Frequency-dombde cdeling sehibhtesdsudly astHEMAD Ere abieafagetus i thatkidy shaw @ high quality
at low bit rates-fou Tadsie signals Rwbleatics heweneasis thequality of mpeechssignalssatow bit

rates. 5 Therefgye, different dlagses.of audasional demand diffsren characieriRlgnof bagdwicth

extension tool. ?I:t is the object of the present invention to provide an 10 improved

encoding/decdtig coRcePt Fhis DEREL F& G¥hicTRATR AN a0bI0 §585Fer |ﬁré%co?dar?<§ee With claim 1, a
method of audimdetadinglin @¢cordance with claim 13, an encoder in accordance with claim 8, a
method 15 for encoding in accordance with claim 14, an encoded signal in accordance with claim 15

or 2 compyter PIagraUn Bceydapiee M A3 19 Hhe praserLiNSDION > Baserkan e gnding that

the 20 crossover frequency or the requency is a parameter influencing the audio quality.

While time dorﬁﬁﬁwt(sﬁéé&‘?)dcdh%‘élt%ﬁéﬁy cé‘é‘e e BRSIEFPeqtn &P Rt foP S TiEH S8Mpling rate,
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made. Hence, i the rew a pproach, different core coders with variable gudio 30 bandwidths are
combinedto a%&%ﬁéﬂ%y%t’éme\ﬁffﬁ’%ﬁ‘é cBRTRGN BIWVESFoditE HEP&ih e BIHE FRE8uIé Ras to
account for thecifereppandiodahdwiclthshAstrakmmidlware wagavsifd be B3 HRdee 1ovwest of all 35
core coder bangwidths asrdise this andd\is stars frRquenioys bui skis weuld deterarate theperceived

aUdk)quamy'between the low band and the high band in order to predict
the high band signal from extracting lower band features.
20
SBR is, for example, used in HE-AAC or AAC+SBR. In SBR it
is possible to dynamically change the crossover Ifrequency
(BWE start frequency) as well as the temporal resolution
meaning the number of parameter sets {envelopes) per frame.
25 AMR-WR+ implements a time domain bandwidth extension in
combination with a switched time/frequency domain core
coder, giving good audio gquality especially for speech
signals. A limiting factor to AMR-WB+ audio guality is the
audio bandwidth common to both core codecs and BWE start
30 freqguency that is one quarter of the system’s internal
sampling frequency. While the ACELP speech model is capable
to model speech signals quite well over the full bandwidth,
the fregquency domain audio coder fails to deliver decent
quality for some general audio signals. Thus, speech coding
35 schemes show a high guality for speech signals even at low
bit rates, but show a poor quality for music signals at low
bit rates.



Also, the coding efficiency would be reduced, because in time sections where a core coder is active
which has a WO 2010/003545PCT/EP2009/004522 4 higher bandwidth than the BWE start

frequency, s f ncy regions would be represented twice, by the CW | as the EWE
which introdljmcézmr{egé;%%gcncy. A better solution is jherefore to adapt the sta%r{é@r%g?uency to the
audio bandwidth of the core coder used. Therefore according to embodiments of the present invention
an audio coding system combines a bandwidth extension tool with a signal dependent core coder (for
example switched dfkspseaioimiio cagstl hereirtemerosseuartreqaencykivmgise aavariable

parameter. A sigal dlasaliersouputdhatcopiiols BRSWitehiAg detwesn difprent cam,cading modes
may also be used to switch the ch_aracteristicssLof the EVY3 system sucpL as the temposral re}\solution and
smearing, 15 St réSHutBHE the dBadcver FEQTEES Thetefors ohe aspectof tha present
invention is anqudio tecolerrrsatheféadurl sudib sigvalliHe &A&Sded audio signal comprising a first
portion engoded in accordance 20 with a first encoding algorithm, a second portion encoded in

accordance Wiﬁt%dgrsgggp encgdipg alagtithm, EWE narageters fothe ficst pogtion apdhiigssecond
Ing Mo

ortion and a co € information indicating a first decoding algorithm or a second decodin
;goﬂﬂnn conﬁﬁ% gnt characteristicsgof %angwgggg egten51on tog?. 9

It is the object of the present invention to provide an
10 improved encoding/decoding concept.

This object is achieved by an audio decoder in accordance
with claim 1, a method of audio decoding in accordance with
claim 13, an encoder in accordance with claim 8, a method

15 for encoding in accordance with claim 14, an encoded signal
in accordance with claim 15 or a computer program in
accordance with claim 16.

The present invention is based on the finding that the

20 crossover frequency or the BWE start frequency is a
parameter influencing the audio quality. While time domain
(speech) codecs usually code the whole frequency range for
a given sampling rate, audio bandwidth 1is a tuning
parameter to transform-based coders (e.g. coders for

25 music), as decreasing the total number of spectral lines to
encode will at the same time increase the number of bits
per spectral line available for encoding, meaning a quality
versus audio bandwidth trade-off is made. Hence, in the new
approach, different core coders with ~variable audio

30 bandwidths are combined to a switched system with one
common BWE module, wherein the BWE module has to account
for the different audio bandwidths.

A straightforward way would be to find the lowest of all
35 core coder bandwidths and use this as BWE start freguency,
but this would deteriorate the perceived audio guality.
Also, the coding efficiency would be reduced, because in

time sections where a core coder 1s active which has a



25 first decoder, a second decoder, a EWE module and a controller. The first decoder decodes the
first portion in accordance with the first decoding algorithm for a first time portion of the encoded signal

to obtain a fi{ﬁb(i(?%&(?ggignal. The second decoder decodes the secon(jggglgp%mm%gcordance
eco e

with the second Ing algorithm for a second tjme portion of the enco signal to obtain a second
decoded signal. The EWE module has a controllable crossover frequency and is configured for
performing a bandwidth extension algorithm using the first decoded 35 signal and the EWE
parameters forthenidrst pedieaw aadior pederminga bawlwidthrextensidr adgerithy, usingtiee second

decoded signa; And e hpnpuddbaisnsion paamalei lor dhie seeand partion, Thegonisler controls
the WO 2010/003545PCT/EP2009/004522 5§%)ss%v,er frequency for the BWdE module in gccordance
with the codin§5de iAforiiSton. A%cdrafng T8 and éF%spje%%léfy%cécﬁrsésé‘:rﬁ ivertion’ an%é

apparatus for breddding ancdurdio eignal Tontirses @ tist abe a 36@61d efitGderBHiklechid Stage and
a EWE medule.rEhg frst gneadenis configired iaiencede ¢t aceerdanee withie firsisadoding
algorithm, the first encoding algorithm having a first frequency bandwidth. The second
Therefore according to embodiments of the present invention
an audio coding system combines a bandwidth extension tool
with a signal dependent core coder (for example switched
10 speech-/audio coder), wherein the crossover frequency
comprise a variable parameter. A signal classifier output
that controls the switching between different core coding
modes may also be used to switch the characteristics of the
BWE system such as the temporal resolution and smearing,
15 spectral resolution and the crossover frequency.

Therefore, one aspect of the present invention is an audio
decoder fer an encoded audio signal, the encoded audio
signal comprising a f£irst portion encoded in accerdance
20 with a first encoding algorithm, a second portion encoded
in accordance with a second encoding algorithm, BWE
parameters for the first portion and the second portion and
a coding mode information indicating & first decoding
algorithm or a second decoding algorithm, comprising a
25 first decoder, a second decoder, a BWE module and a
controller. The first decoder decodes the first pertion in
accordance with the first decoding algorithm for a first
time porticn of the encoded signal to obtain a first
decoded signal. The second decoder decodes the second
30 portion in accordance with the second decoding algorithm
for a second time portion of the encoded signal to obtain a
second decoded signal. The BWE module has a controllable
crossover frequency and is configured for performing a
bandwidth extension algorithm wusing the first decoded
35 signal and the BWE parameters for the first portion, and
for performing a bandwidth extension algorithm using the
second decoded signal and the bandwidth extension parameter
for the second portion. The controller controls the



10 encoder is configured to encode in accordance with a second encoding algorithm, the second
encoding algorithm having a second frequency bandwidth being smaller than the first frequency
bandwidth. IS tage indicates the first encoding algorithm for afj ' f the audio
signal 15 an%bggﬁs@idc%lf encoding algorithm for g second portion of the a%gjtﬂ%glg%%[ﬁ}%ﬁzewsecond
portion being different from the first portion. The bandwidth extension module calculates EWE
parameters for the audio signal, wherein the EWE module is configured to be controlled by the
decision 20 stage iGs6aleulafe thesEWy pammaires fowa basdup: inCluding-thedfistequency
bandwidth in the firstpertian gf the ay¢ig,sigral.and for a band not including the second frequency

bandwidth in the second portion of the audio signal. 25 In contrast to embodiments, SBR in prior art is
applied to a non-switch audio codec only which results in the following disadvantages. Both temporal
resolution as WelFas digssoldr frrigpiehey caddidsetapplied bynapiieakyl but B erdtedt artan
implementatioggsuel @es3GRI seweodnply ustialyanly asehange of taihpoERTY resoltiiontfor
ransients as, Ig £Xamale: SASIA0RIS, ALENCUN e Ig 0wl Lerporareaption gl be chosen

at higher rates as a bit rate deFlendent tuning parameter. No explicit 35 classification is carried out

determining thEt8mpora FesBREBATT a'deciSIA thessid dshtrSMRG e tehnpdFd F8S50HEN, best
matching the sigitdl tyge a$,ifop exaepfeodiatbnady, Ionakimsic Versus $paach. Brisediatents of the
WO 2010/00324%R¢ T Hat20091004522 irst frequency bandwidth. The second

10 encoder is configured to encode in accordance with a second

encoding algorithm, the second encoding algorithm having a
second freguency bandwidth being smaller than the first
freguency bandwidth. The decision stage indicates the first
encoding algorithm for a first portion of the audio signal
15 and the second encoding algorithm for a second portion of
the audio signal, the second portion being different from
the first portion. The bandwidth extension module
calculates BWE parameters for the audio signal, wherein the
BWE module iz configured to be controlled by the decision
20 stage to calculate the BWE parameters for a band not
including the first fregquency bandwidth in the first
portion of the audio signal and for a band not including
the second frequency bandwidth in the second portion of the
audio signal. '
25
In contrast to embodiments, SBR in prior art is applied to
a non-switch audioc codec only which results in the
following disadvantages. Both temporal resolution as well
as crossover frequency could be applied dynamically, but
30 state of art implementations such as 3GPP source apply
usually only a change of temporary resolution for
transients as, for example, castanets. Furthermore, a finer
overall temporal resolution might be chosen at higher rates
as a bit rate dependent tuning parameter. No explicit
35 «c¢lassification 1is carried out determining the temporal
resolution or a decision threshold controlling the temporal
resolution, best matching the signal type as, for example,
stationary, tonal music versus speech. Embodiments of the



present invention overcome these disadvantages. Embodiments allow especially an adapted
crossover frequency combined with a flexible choice for the used core coder so that the coded signal
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Brief description of the drawings

10

Preferred

embodiments of

the present invention are
subsequently described with respect to the attached
drawings, in which:
Fig. 1 shows a block diagram of an apparatus for
15 decoding in accordance with a first aspect of the
present invention;
Fig. 2 shows a Dblock diagram of an apparatus for
encoding in accordance with the first aspect of
20 the present invention;
Fig. 3 shows a block diagram of an encoding scheme in
more details;
25 Fig. 4 shows a block diagram of a decoding scheme in
more details;
Fig. 5 shows a block diagram of an encoding scheme in
accordance with a second aspect;
30
Fig. © is a schematic diagram of a decoding scheme in
accordance with the second aspect;
Fig. 7 illustrates an encoder~side LPC stage providing
35 short-term predicticn information and the

prediction error signal;



prediction error signal; WO 2010/003545PCT/EP2009/004522 7 Fig. 8illustrates a further embodiment
of an LPC device for generating a weighted signal; Figs. 9a-9bshow an encoder comprising an

audio/speecq‘;éam%psgg%sulting in different temporal resolution for an aud]j?%fj%pﬁh' 9 ﬁg

10illustrates a representation for an encoded audip signal. 10 Detailed descrip |on% hse Invention Fig.
1 shows a decoder apparatus 100 for decoding an 15 encoded audio signal 102. The encoded audio
signal 102 comprising a first portion 104a encoded in accordance with the first encoding algorithm, a
second portion-1@4b gncodediin feeatdance Wikl ersecontentnaingalgerithm LBW R gatapeter 106

for the first time portion 104@0@”%&%%9'5‘?88”@ timg EHE%QP Js%ﬁ]g@g a coding mode information 108

Figs. %a-9b show an encoder comprising an audic/speech-
5 switch resulting in different temporal resclution
for an audio signal; and

Fig. 10 illustrates a representation for an encoded audio
signal.

10

Detailed description of the invention

Fig. 1 shows a decoder apparatus 100 for decoding an
15 encoded audio signal 102. The encoded audio signal 102
comprising a first portion 104z encoded in accordance with
the first enceding algorithm, a second portion 104b encoded
in accordance with a second encoding algorithm, BWE
parameter 106 for the first time portion 104a and the
20 second time portion 104k and a coding mode information 108
indicating a first decoding algorithm or a second decoding
algorithm for the respective time portions. The apparatus
for decoding 100 comprises a first decoder 110a, a second
decoder 110b, a BWE module 130 and a controller 140. The
25 first decoder 110a is adapted to decode the first portion
104a in accordance with the first decoding algorithm for a
first time portion of the encoded signal 102 to obtain a
first decoded signal 11l4a. The second decoder 110b is
configured to decode the second portion 104k in accordance
30 with the second decoding algorithm for a second time
portion of the encoded signal to obtain a second decoded
signal 114b. The BWE module 130 has a controllable
crossover freguency fx that adjusts the behavior of the BWE
module 130. The BWE module 130 is configured to perform a
35 bandwidth extension algorithm to generate components of the
audio signal in the upper frequency band based on the first
decoded signal 1i4a and the BWE parameters 106 for the
first portion, and to generate components of the audic



indicating a first decoding algorithm or a second decoding algorithm for the respective time portions.
The apparatus for decoding 100 comprises a first decoder 110a, a second decoder 110b, a EWE
module 130 ler 140. The 25 first decoder 110a is adapted to irs} portion 104a
in accordan(ﬁ%&&@g}#%st decoding algorithm foga first time portion of thﬁ?}%%%i%&%@%al 102 to
obtain a first decoded signal 114a. The second decoder 110b is configured to decode the second
portion 104b in accordance 30 with the second decoding algorithm for a second time portion of the
encoded signaktayaktainimsechad degeded signabdddh. BenBEWEameduled3G:has aeentiallable

crossover frequgney B that adjusts hq behayiorgfdhe, EWE medule 130, The BWE,madyle 130 is

configured to perform a 35 bandwidth extension alggorithm to generate comginen s of the audio signal

in the upper freg ncy Band RBed DRIRB First REbHR signar € 148 3RGTR E p]a{ metets 106 for
the first portionsem@iguyatbrare eompordntsi? the @iy W OfZenen8345RCTIEPREOBND4522
5 module 130 in accordance with the coding mode information

108.

The BWE module 130 may comprise also a combiner combining
the audio signal components of lower and the upper
10 frequency band and outputs the resulting audio signal 105.

The coding wmode information 108 indicates, for example
which time portion o©of the encoded audié signal 102 is
encoded by which encoding algorithm. This. information may

15 at the same time identify the decoder to be used for the
different time portions. In addition, the coding mode
information 108 may contrel a switch to switch between
different decoders for different time portions.

20 Hence, the crossover frequency fx 1is an adjustable
parameter which 1is adjusted in accordance with the used
decoder which may, for example, comprise a speech coder as
the first decoder 110a and an audioc decoder as the second
decoder 1i0b. As said above, the crossover freguency fx for

25 a speech decoder (as for example based on LPC}) may be
higher than the c¢rossover frequency used for an audio
decoder {e.g. for music). Thus, in further embodiments the
controller 220 1is configured to increase the crossover
fregquency £x or to decrease the c¢rossover frequency £x

3¢ within one of the time portion {e.g. the second time
pertion) so that the crossover frequency;inay be changed
without changing the decoding algorithm. This means that a
change in the crossover frequency may not be related to a
change in the used decoder: the crosscver frequency may be

35 changed without changing the used decoder or vice versa the
decoder may be changed without c¢hanging the crossover
freguency.



8 signal in the upper frequency band based on the second decoded signal 114b and the bandwidth
extension parameter 106 for the second portion. The controller 140 is configured to control the

crossover fr ncy fx of the EWE 5 module 130 in accordance with the ' information 108.
The EWE m%%%%é}?{}@ fﬁgy comprise also a combgner combining the audi%%sqlgﬁr?é,‘m(’:%%rﬁﬁ%%ents of lower

and the upper 10 frequency band and outputs the resulting audio signal 105. The coding mode
information 106 indicates, for example which time portion of the encoded audio signal 102 is encoded
by V(\;hich ﬁnc(;)din algerithepdtiis iniq?(?mry may 46 atthesame time igantify thardagedardo be )
used for the differ ' ortigns. itio ing e information 108 co a switc
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is an adjustabl@PEFHRERT whidh iS AdjidRE inttorthtE wiR $R8 2 e PdetGder Whith nidy, for
example, comprisec® spedchtgodénas thdirstrdebobier 110h addraimguditidecddesas thémsecond
gecoger 1%2% ﬁ&:ﬂ@lrﬁb@ﬂé& H1e=CrossovRy f'&%’é@@éf ¥ fix @32 aﬁpﬁgchéﬂ?ﬁ%@@a@e@r @gﬂfmple
ased on y ighe n ro r fr n 0 audio_decaoder (e.g. for
music). Thus, |)rt1r112§ rth%ﬁ}ﬁer%%%%%r%%enttg%cfe_ (C:%%%{o?f r %&e is%%%%%%reé J?Icr)&lancgeoatrs%e%t(Izl(%é'crogghs%%/er
frequency fx oritdidedteale¥heRfoseGierifddifen&rix 30 VAilliRSfRe dfthetifie SHTEERESF the
second time pdrtiequso thatthe@rossover fregpiehcy di be whanged withcen chdadingutidadecoding

algorithm. Thisdngaas thay 2 chapgedn theycressovesiaquansydnay nehikp related taachange in the
used de Qier: he crossove&&r‘gguggc rgta;l%( bceig>5 changed without changing the used decoder or vice
t

he "résped X M.
versa the decoder may b6 ¢ anged wi changing the crossover frequency. WO

2010/003545PCT/EP2009/004522 9 The BWE module 130 may also comprise a switch which is
controlled by thencofinoilee # 4éremeliomantie BWE paratvdterik06osm thisg thre first decodeantsignal
114ais processpa hydhe BNVYE madite 136 dyingthe firstiémesartian ardthersrcond dacoded
signal 114b is proggssed by ine BWE modhle,130,duigg Ine sgeon ime pergon, s, sulish may be
activated %/ a change in the crossover frequency x or by an explicit bit within the encoded audio

signal 1023ndiGHHPETRHEREIdRG algdrifin M FingPR HerebBeditRe thhd Porfsit 936 ther
embodiments thé @witchds corfifired sesuidh dronden tisl first hndAkcondaiie pbitiontfhem the first

bandwidth extension algeorithm is applied to the first

and/or to second decoded signal and the switch is placed

after this so that one of the bandwidth extended signals is
20 dropped.

Fig. 2 shows a block diagram for an apparatus 200 for
encoding an audic signal 105. The apparatus for encoding
200 comprises a first encoder 210a, a second encoder 210b,
25 a decision stage 220 and a bandwidih extension module (BWE
module) 230. The first encoder 210a 1s operative to encode
in accerdance with a first encoding algorithm having a
first freguency bandwidth. The second encoder 210b is
operative to encode in accordance with a second encoding
30 algorithm having a second frequency bandwidth being smaller
than the first frequency bandwidth. The first encoder may,
for example, be a speech coder such as an LPC-based coder,
whereas the second encoder 210b may comprise an audio
(music} enceder. The decision stage 220 is configured to
35 indicate the first encoding algorithm for a first portion
204a of the audio signal 105 and to indicate the second
encoding algorithm for a second portion 204b of the audio
signal 105, wherein the second time portion being different



decoder to the second decoder so that the bandwidth 15 extension algorithm is either applied to the
first decoded signal or to the second decoded signal. Alternatively, the bandwidth extension algorithm

is applied to i d/or to second decoded signal and the switch is pl % iS.g0 that one of
the bandwidt eé%é%r%o egaéignals is 20 dropped. Fig, 2 shows a block diagrﬁé{?r? o%gé/g%ggatus 200 for

encoding an audio signal 105. The apparatus for encoding 200 comprises a first encoder 210a, a
second encoder 210b, 25 a decision stage 220 and a bandwidth extension module (BWE module)
230. The first encager 8&0asis Dperatinado poeadein. acthedange stith pdfirst encodingaalgarthm

having a first freguency hapdwidth. The-secand.encoder 2300 [s,0peralivesto-eprpdgdn acgerdance
with a second encoding 30 algorithm having a second frequenc bandmd%l beln%’%r{l ler than the first
frequency ban@iidth. ke fi%%%ﬁ%ﬁﬁ@?ﬂ\a -For Bxamipie nge écgﬁ‘gecﬁ%% &P Such 5s"dn L'PC-based

coder, wheread ilié seeoiid Enendéne1 6l rrdy EdmpriB@ BlhiaTdio (music) encoder. The decision stage
220 is condigured to 35 indicate the first encoding algorithm for a first portion 204a of the audio signal

105 and to indicafe t%&ec%gm@ding%qjgorggm forasegeRd portion 2Q4b af theraudiggignal 105,
wherein the second time portion being different , . .
parameters 106 for the audio signal 105 and is configured
to be controlled by the decision stage 220 to calculate the
BWE parameter 106 for a first band not including the first
10 frequency bandwidth in the first time portion 204a of the
audio signal 105. The BWE module 230 is further configured
to calculate the BWE parameter 106 for a second band not
including the second bandwidth in the second time portion
204b of the audio signal 105. The first (second) band
15 comprises hence frequency components of the audioc signal
105 which are outside the first (second) frequency
bandwidth and are limited towards the lower end of the
spectrum by the crossover frequency fx. The first or the
second bandwidth can therefore be defined by a variable
20 crossover frequency which is controlled by the decision
stage 220.

In addition, the BWE module 230 may comprise a switch
controlled by the decision stage 220. The decision stage
25 220 may determine a preferred coding algorithm for a given
time portion and controls the switch so that during the
given time portion the preferred coder is used. The
modified <coding mode information 108’ comprises the
corresponding switch signal. Moreover, the BWE module 230
30 may also comprise a filter to obtain components of the
audio signal 105 in the lower/upper frequency band which
are separated by the crossover frequency £x which may
comprise a value of about 4 kHz or 5 kHz. Finally the BWE
module 130 may also comprise an analyzing tool to determine
35 the BWE parameter 106. The modified coding mode information
108’ may be eguivalent (or equal) to the coding mode
information 108. The coding mode information 108 indicates,

for example, the used coding algorithm for the respective
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correspond to a first time portion and the second portion 204b may correspond to a second time

portion whicly is di rom the first time portion. The EWE module 23 !.vsl?ﬁ? ' calculate
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EWE paramete for the audio signal 105 angis configured to be cont cision stage
220 to calculate the EWE parameter 106 for a first band not including the first 10 frequency bandwidth
in the first time portion 204a of the audio signal 105. The EWE module 230 is further configured to

calculate the EWEPasgmeienl0s forenseeondsandnoipchudinghesacond hansdwidisr-ia the second
time portion Z%#)Oft e audio signal 105. The first (second) band 15 comprises hence frequency
components of the'audio signal 105 which are outside the first (second) frequency bandwidth and are
limited towards the lower end of the spectrum by the crossover frequency fx. The first or the second

bandwidth canatbertefoie:be definBdrtinha waratiie 20renossovet firequemtswhich ssegrtroléd by the
gecision stage J@héggiti%, the GWE mﬁy&@%&ay EBE!‘P”%&@WJCQ@W@@@ ﬁsh@e

ecision stage 220. T ecision stage. 25 220 etermine_a preferred cqding algori for a given
time portion anc.’or %gﬁ’t?oe% 'the:L gw?v%h S%Jtﬁg_taz(furirr?ggée gﬁf}g:] tiﬁ%%&%ﬁ%he%%gferrgg%%ég% is used.
The modified cousFRddecRforiflion Mo RombREESEE cortBEporifing ShiteR sighhl. Mbfeover, the
EWE module 28(r3@ reait alsodbmprisedefiiter Whebtaimadgmpenents ¢hthe angiocsigriali®b in the

lower/upper fregyengcy whishare ssparaisd hydhe aressoverregugneys ixanbishdnaygomprise a

value of gout 3 KHZ 21 5 &bize FI0all i Rl Megles 30108y ARRSAm LB A analgglag tool to

The output of the signal classifier can (optionally) also
be used to influence the behavior of other tools, for
example, MPEG surround, enhanced SBR, time-warped
filterbank and others. The input to the signal classifier

15 tool comprises, for example, the original unmodified input
signal 105, but also optionally additional implementation
dependent parameters. The output of the signal classifier
tool comprises the control signal 108 to control the
selection of the core codec (for example non-LP filtered

20 frequency domain or LP filtered time or freguency decmain
coding or further coding algorithms).

According to embodiments, the crossover frequency fx 1is

adjusted signal dependent which is combined with the
25 switching decision to use a different coding algorithm.

Therefore, a simple switch signal may simply be a change (a

jump} 1in the crossover frequency fx. In addition, the

coding mode information 108 may also comprise the change of

the crossover frequency fx indicating at the same time a
30 preferred coding scheme (e.g. speech/audio/music).

According to further embodiments the decision stage 220 is
operative to analyze the audio signal 105 or a first output
of he first encoder 210a or a second output of the second
35 encoder 210b or a signal obtained by decoding an output
signal of the encoder 210a or the second encoder 210b with
respect to a target function. The decision stage 220 may
optionally ©be operative to perform a speech/music



35 the EWE parameter 106. The modified coding mode information 108" may be equivalent (or equal)
to the coding mode information 108. The coding mode information 108 indicates, for example, the

used coding i the respective WO 2010/003545PCT/EP2009/9 4522, H’mi,portions in
the bitstrearﬁe (J)%%ﬁé%é%gded audio signal 105. Aggording to further embod?m%%tsﬁﬂ?e%ecision stage

220 5 comprises a signal classifier tool which analyzes the original input signal 105 and generates the
control information 108 which triggers the selection of the different coding modes. The analysis of the

input signal 1Q5 isdripiemepiationidependentwita theraim toschoese sherd Owaptisiad eore geding mode
for a given i”pl:’%?@f‘é"‘éfr%%]%hThz??%‘f}BHEOf{%e signgLelassifigr cap (qpiienally) alse heusgd to
of

influence the behavior of other tools, for example, MPEG surround, %nhanced SBR, time-warped

filterbank and S&5erdL The HRp FRABRAE sighdi TRESfidt 15 toof EEMpFRE., rRXAMPIE the%tiginal
unmodified inputasigrizd 405 fbut afsoamstiobratly hHditiéAdismpemdsiatics depassenht pafhmeters. The
output of the signal chassiisrdoeleamprisesdthewgantrob sigoak 18 tneortialdbe selactinn of the core

codec (for exanrplpslgzcnon- Fé ggﬁggizo f{%%ug@ggl ain or ggefiltgﬁg tmgs, orcgﬁglfg%@/ dgmain

coding or further coding algorithms). According to embodiments, the crossover frequgnc fx is
adjusted signat#ebERaENt Widh i& RBMbARE W the DE%swiBAinG d&dgRAko f8e 4 Sﬁ}(b‘flgnt coding
algorithm. Thevrefetaea sitpie swikdhasigaabmay sibsplyrise akhanye PRAGD) irs trenerbssover
frequency fx. lpadditionsthegeding megainfospationat08waay alse sompiise taeehangeref the
crossov%r(}frquggg {x g]discggn% at tge sgggﬁt?@ebﬂ&%greiesrregh%odg@&chggbeege.g: o be
speech/audio/music). ACcor m% to further embodiments the decision gﬁge 220,1s operative to analyze

the audio sign#SE05 5P fr&fo@PatSPRE firdfEn e 1B &8s o8ttt Br e second

Figs. 1 and 2 do not show many of these details for the
encoder/decoder. Possible detailed examples for the

15 encoder/decoder are shown in the following figures. 1In
addition to the first and second decoder 110a,b of Fig. 1
further decoders may be present which may or may not use
e.g. further encoding algerithms. In the same way, also the
encoder 200 of Fig. 2 may comprise additional encoders

20 which may use additional encoding algorithms. In the
following the example with two encoders/decoders will be
explained in more detail.

Fig. 3 illustrates in more details an encoder having two
25 cascaded switches. A mono signal, a stereo signal or a
multi-channel signal is input into a decision stage 220 and
into a switch 232 which is part of the BWE module 230 of
Fig. 2. The switch 232 is contreclled by the decision stage
220.. Alternatively, the decision stage 220 may also
30 receive a side information which is included in the mono
signal, the sterec signal or the multi-channel signal or is
at least associated to such a signal, where information is
existing, which was, for example, generated when originally
producing the mono signal, the stereo signal or the multi-~
35 channel signal.

The decision stage 220 actuates the switch 232 in order to
feed a signal either in a frequency encoding porticn 210b



35 encoder 210b or a signal obtained by decoding an output signal of the encoder 210a or the second
encoder 210b with respect to a target function. The decision stage 220 may optionally be operative to

perform a sp&,%cp{]m '&qWO 2010/003545PCT/EP2009/004522 12 discrimnination in.such a way that a
decision to speec |§1§évbred with respect to a dggision to music so that aggg}gg%@?{aéﬁs}%ech is taken,

e.g., even when a portion less than 50% of a frame for the first switch is speech and a 5 portion more
than 50% of the frame for the first switch is music. Therefore, the decision stage 220 may comprise an
a_nalylsis tool tfllqtﬂ?&%ec%@e f?éwigaﬂgrmtqﬂ@@ge whethar theraudie signalds mainly @speech
signal or mainly a music signal so that based re cisjon st n ide which is
the best codec%(ﬁ)mﬁél_ fised or ﬁ%gar?acffztel tri}moé]lp?o%tié'r? %Qé@:&%& |§s%h::f Fglggég.eigar%eazq{%g‘ not show
many of thesedetdikSfor he Bndeier/BLESEET PREsibREdHERIPERTApREREr-The 8RS er/decoder
are shown in the faltowing diguees. spadditioh to the fiestsimehsedohdadecodeP 110aboaf Figs1 further

decoders 2 SRFSERBGh KDl o Aoy st same
e e D ST sdonly e ne g adianel g sggrnms
spectral conversion block may include an MDCT algorithm, a
QOMF, an FFT algorithm, a Wavelet analysis or a filterbank
such as & critically sampled filterbank having a certain
10 number of Filterbank channels, where the subband signals in
this filterbank may be real valued signals or complex
valued signals. The output of the spectral conversion block
410 is encoded using a spectral audio encoder 421 which may
include processing blocks as known from the AAC coding
15 scheme,.

Generally, the processing in branch 210b .is a processing
based on a perception based model or information sink
model. Thus, this branch models the human auditory system

20 receiving sound. Contrary thereto, the processing in branch
210a is to generate a signal in the excitation, residual or
LPC domain. Generally, the processing in branch 210a is a
processing based on & speech model or an information
generation model. For speech signals, this model is a model

25 of the human speech/sound generation system generating
sound. If, however, a sound from a different source
requiring a different sound generation model 1is to be
encoded, then the processing in branch 210a may be
different. In addition to the shown coding branches,

30 further embodiments comprise additional branches or core
coders. For example, different coders may optionally be
present for the different sources, so that sound from each
source may be coded by employing a prefexred coder.

35 In the lower encoding branch 210a, a key element is an LPC
device 510 which outputs LPC information which is used for
controlling the characteristics of an LPC filter. This LPC
information is transmitted to a decoder. The LPC stage 510
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A mono signal, a stereo signal or a multi-channel signal is input into a decision stage 220 and into a

switch 232 which i rt of the BWE module 230 of Fig. 2. The switch 232,j rol the decision
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encoding branch is a spectral conversion block 410 which is 5 operative to convert a common
preprocessingsiage prtptwsigralgasaiscusgedldtey be) amtolaPSpettred HontdianThe wheetral
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branch 210b ig,3 pe¢ess/Rg Laged Qia perrsptiepdiasackmodel or information sink model. Thus, this
branch madels'the human auditory system 20 receiving sound. Contrary thereto, the processing in

branch 210a is to generate a signal in the excitation, residual or LPC domain. Genernglclﬁy, the
processing in BractA2Ea# €8 protessitg bassd Bh W speEeA TodéLor &AM SIatior B&haration
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different £8dera May BERGRalf B8 pHeset For R iffd At soufces othaF 855 frons

‘ ront éach source
may be coded byeempigyidg mepreferréeodéecision stage 220 is feeding its

decision information intc an output bit stream so that a
decoder can use this decision information in order to
perform the correct decoding operations. This decision

20 information may, for example, comprise the coding mode
information 108 which may also comprise information about
the crossover frequency £x or a change of the crossover
frequency fx. '

25 Such a decoder is illustrated in Fig. 4. The signal output
of the spectral audio encoder 421 is, after transmission,
input into a spectral audio decoder 431. The output of the
spectral audio decoder 431 is input into a time-domain
converter 440 (the time-domain converter may in general be

30 a converter from a first to a second domain). Analogously,
the output of the LPC domain encoding branch 210a of Fig. 3
received on the decoder side and processed by elements 531,
533, 534, and 532 for obtaining an LPC excitation signal.
The LPC excitation signal is input into an LPC synthesis

35 stage 540 which receives, as a further input, the LPC
information generated by the corresponding LPC analysis
stage 510. The output of the time-domain converter 440
and/or the output of the LPC synthesis stage 340 are input



35 In the lower encoding branch 210a, a key element is an LPC device 510 which outputs LPC
information which is used for controlling the characteristics of an LPC filter. This LPC information is

transmitted r. The LPC stage 510 WO 2010/003545PCT/EP2[Q5)]9/F9%4 amag,output signal
is an LPC-dE)%nsa%%g%gl%?swhich consists of an exgiation signal and/or a weighte 0§gna1.zzl'he LPC

device generally outputs an LPC domain signal which 5 can be any signal in the LPC domain or any
other signal which has been generated by applying LPC filter coefficients to an audio signal.
Furthermore, ap+& Gdevige €an B30 deteaninedhede coefficieats andcavalsoomaltizé/eéhcode

these coefficiepts. 19 The decisian in the degision stage 220.can be signakadaptive s thakthe
decision stage performs a music/speech

discrimination and controls the switch 232 in su way that
music signals $P& itk inf&%’@ﬁppﬁlb?gncﬁﬁl%?lfgrg gﬁee%ﬂasﬁfgnéf\évfgrreﬂﬁ%pﬁto fﬁtogﬁgalower
branch 210a. Bnci@emiséeimEHE the asariiiestage? 220 ivfdetingisSdeci§ivh inférATHtbT into an

output bitstregarso-thaéa dagpder san useitiis decisictindermalipd in order torhérfbrm #ae correct
decoding operaons. Lip fe6iSign A0 faiialionnay, 1 eXAUe,COPPIIBRANe.SaYnamode

information 108 Whic may also comprise jnformation abfut th%crossgever fr%%t#ency fx or a change of
i

the crossover ReBfefdgRe 25 §hER A Ui s MushatedtinTig 2 S ThE SHHar output of the spectral

audio encoder 421 is, after transmission, input into a spectral audio decoder 431. The output of the
spectral audio gecedey 434, is it int@adimerdaamini carvetiee 440+ fthettim23doraaid coheerter may

in general be 30 a conyerte istdoa secand.domain) Analogousiy, the outpysof the LPC
domain gr?codldr?egcﬁrsah%ﬂ 251%%%%‘1 I?%t.SBCrt'gceived on the deco?jfr side and 0 urgci%ssge%fba/nglfments 531,

533, 534, and B32 87 GBEANAYG anTreE ¥xcitdtbn sHr 2+ @nY

Depending on the decision which can be derived from the
switch 232 input signal or from any external source such as
a producer of the original audio signal underlying the

15 signal input into stage 232, the switch switches: between
the frequency encoding branch 210b and the LPC encoding
branch 210a. The frequency encoding branch 210b comprises a
spectral conversion stage 410 and a subsequently connected
guantizing/coding stage 421. The quantizing/coding stage

20 can include any of the functionalities as known from modern
frequency-domain encoders such as the AAC encoder,
Furthermore, the quantization operation in the
quantizing/coding stage 421 can De controlled via a
psychoacoustic module which generates psychoacoustic

25 information such as a psychoacoustic masking threshold over
the frequency, where this information is input inte the
stage 421.

In the LPC encoding branch 210a, the switch output signal
30 is processed via an LPC analysis stage 510 generating LPC
side info and an LPC~domain signal. The excitation encoder
may comprise an additional switch for switching the further
processing of the LPC~domain signal between a
quantization/coding operation 322 in the LPC-domain or a
35 guantization/coding stage 524 which is processing values in
the LPC-spectral domain. To this end, a spectral converter
523 is provided at the input of the guantizing/coding stage
524. The switch 521 is controlled in an open loop fashion



The LPC excitation signal is input into an LPC synthesis 35 stage 540 which receives, as a further
input, the LPC information generated by the corresponding LPC analysis stage 510. The output of the

time-domaingig%ﬁf 440 and/or the output of the LPC synthesis stage 340 28,RiighsWO
2010/003545PCT1EPZ0091004522 15 into a swijgh 132 which may be part of the EWE module 130 in

Fig. 1. The switch 132 is controlled via a switch control signal (such as the coding mode information
108 and/or the EWE parameter 106) which was, for example, 5 generated by the decision stage 220,
or which was extegnallyqenidesbsuchuas by ereptordifthe enigirad cidrie sigeat;, Stereoasignal or

multi-channel signal. In Fig, 3 the ingutsignaldgto the-switeh,232 angktbrsld dedigion:stage 220 can

ign
be a mono S|gn§f a.st_ereoglgnal, a multi-channel signal or generally any audio signal. Depending on
the decision whREFedr BaidétRed from the switch 232 input signal or from any external source such
as a producer of the original audio signal underlying the 15 signal input into stage 232, the switch
switches' petwegep thg dregueney ensegingdranell 2kdkandihe LG edeadingdtancna10g. The
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quantization/cqqing.eRerationma2? iatkae &P Comain o 8g3k quantization/castingsstagers@twhich is
processing valyes in the LRG-spegiral damain, o hiseng, aspssyakeasiverersasishrayided at the
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the lower distortion is used for deciding, which position

the switch 521 should take. Alternatively, in case both

branches provide non-constant bit rates, the branch

providing the lower bit rate might be selected even when

20 the distortion or the perceptional distortion of this
branch is lower than the distortion or perceptional
distortion of the other branch lan example for the
distortion may be the signal to noise ratio).
Alternatively, the target function could use, as an input,

25 +the distortion of each signal and a bit rate of each signal
and/or additional criteria in order to find the best
decision for a specific goal. If, for example, the goal is
such that the bit rate should be as low as possible, then
the target function would heavily rely on the bit rate of

30 the two signals output of the elements 531, 534. However,
when the main goal is to have the best quality for a
certain bit rate, then the switch control 525 might, for
example, discard each signal which is above the allowed bit
rate and when both signals are below the allowed bit rate,

35 the switch control would select the signal having the
better estimated subjective quality, i.e., having the
smaller guantization/coding distortions or a better signal
to noise ratio.



16 or a closed loop fashion depending on specific settings as, for example, described in the AMR-WB+
technical specification. 5 For the closed loop control mode, the encoder additionally includes an
inverse qua%agﬂ&g&?ggm for the LPC domain signal, an inverse quantigey/cQdelaaafor the LPC
spectral domain signal and an inverse spectral cqaverter 534 for the output of item 533. Both encoded
and again decoded signals 10 in the processing branches of the second encoding branch are input
into the switch control device 525. In the switch control device 525, these two output signals are
compared to each other and/or to a target function or a target function is calculated which may be

based on a Co’i‘}f@r@ﬁéﬁfﬁfgt@c@lé%ﬂ%i%@e@&i%a@ spithat the signakhawing the jower distortion
| wnjc
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gﬂethatﬂ@inggmggna@nformation which is switched in accordance with a
switch control signal in order to finally obtain an audio
signal such as a mono signal, a stereo signal or a multi-
channel signal which depends on the signal input into the

20 encoding scheme of Fig. 3.

Figs, 5 and 6 show further embodiments for the
encoder/decoder, wherein the BWE stages as part of the BWE
modules 130, 230 represent a common processing unit.

25
Fig. % illustrates an encoding scheme, wherein the common
preprocessing scheme connected to the switch 232 input may
comprise a surround/joint stereo block 101 which generates,
as an output, joint stereo parameters and a mono output

30 signal which is generated by downmixing the input signal
which is a signal having two or more channels. Generally,
the signal at the output of bleock 101 can also be a signal
having more channels, but due to the downmixing
functionality of block 101, the number of channels at the

35 output of block 101 will be smaller than the number of
channels input into block 101.



10 into switch 532 are both in the LPC-domain, the LPCspectrum/LPC-converter 534 is provided. The
output data of the switch 532 is transformed back into the time-domain using an LPC synthesis stage

%%ggy‘ga encoder-side generated and transmitted LPC FE?FEE&B%&J hen,
40, both branches have timg-domain information which is switched in

540 whichi I

1
subsequen'ﬁ‘g%?o&
accordance with a switch control signal in order to finally obtain an audio signal such as a mono signal,
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the 35 output & b|%‘ecﬁ 1%]i£\ﬁm§b’e gﬁ% §£%ﬁh%%gr§b%?§f%h%ngn§l§ %‘pﬂ? %r?%%%%c?] k%%d WO
2010/003545P0T AEFASIRE0 8525 18 THScfidon pRIPTBESIRTS scridthe &y Lbfipr¥A addition
to the block 1Qdsa hardwidirextensigrustage 280. 4 ¢le Fig38 embadinédt kheastiposabblock 101 is
input into the bandwidih.extensign black-230 wdichsguiptisa bang-lialiaskS signaimaekzas the low
band signal or the low pass sjgnal at its qutput.. Preferabl s i is d . by a factor
of two) a]sg\l/vell?”?:‘ﬂ?tﬁseér)nc?rlef or the i agéoﬁlg %?_ﬁge' sigr%{ailgi% E?r%%ybltg:%%%ﬁ(%% %Et% ‘extension
parameters 1055sUERUESpeERA| difve BHafidBrso Tﬁ&%’e‘lfilﬁﬁﬁlg %%‘?El’f‘l%feerg\,/ BiSe floor
parameters etEcasckmolan from #HEB ARG peefiierof MREG4 aive §Bherated and forwarded to a
bitstream multiplexer 800. Preferably, the decision stage 220 receives the signal 15 input into block

101 or input infp block 230 in order to decidg petween Jfor example, aqnysic moge 03 gpeech mode.
In the music mpde,?he‘upgér encoding branch 210b (second encoder i 5; 2)is se%ecte(%, while, in
the speeth mobieRtfe BIWe? efdBding %%nc‘hrzfdg}l‘é e%&?@d.%r@fﬁ?abnﬁg thé 20 HetTsi

sion gtage
additionally cordtrolscheljeintstereo Hiatlex@rphel/orahmdahdwidice @EnsioARREER 283946 adapt the

functionality of thesa, blogks: ta-thespecifiersignalpEUss ndieni thg decisien stEE:220sdetenadines that
a certain time portion of the input signal ¢arrgspands.o thefirstimodg 25U the mysic mode,

then specific features of block 101 and/or block ?£ can.be coQtrolilze%byighe eci ian staggezzo.
Alternatively, wH¥h tHGeciSBRMAGE 225G fihes thit he-Stgnal cbrrers%o%ld%fo%’speech mode
or, generadly, intacsetbrd PEToMaRiRbaaten SREEiTEatiee ofBhlotks 182 PS40 can be
controlled in acopydaiice/with iesdegisionisiage eutpait.sihe dédisiok stade 220 yidddstalsd¢he control

information 108 ang{ar the £ressaver fiequengy fwbichgnay alsg.e ransnutgd da ther BUE block 230

anc, i adeiton, 1 2 sreq Ttplecer 06 5 et il 35 bg VaReted 1 1 e s

portion of the input signal corresponds to the first mode
25 such as the music mode, then specific features of block 101
and/or block 230 can be controlied by the decision stage
220. Alternatively, when the decision stage 220 determines
that the signal corresponds to a speech mode or, generally,
in & second LPC-domain mode, then specific features of
30 blocks 101 and 230 can be controlled in accordance with the
decision stage output. The decision stage 220 yields also
the control information 108 and/or the crossover frequency
fx which may also be transmitted to the BWE block 230 and,
in addition, to a bitstream multiplexer 800 so that it will
35 be transmitted to the decoder side.

Preferably, the spectral conversion of the coding branch
210b is done using an MDCT operation which, even more



WO 2010/003545PCT/EP2009/004522 19 preferably, is the time-warped MDCT operation, where the
strength or, generally, the warping strength can be controlled between zero and a high warping

strength. In JEIR Egygg strength, the MDCT operation in block 411 is g&%@@%&{ ard MDCT
operation known In the art. The time warping strepgth together with time warping side information can
be transmitted/input into the bitstream multiplexer 800 as side information. 10 In the LPC encoding
branch, the LPC-domain encoder may include an ACELP core 526 calculating a pitch gain, a pitch lag
and/or codebogkdmtoraiatipn sieh aha cadehsakinses andQRinopaeaiGXimodehas knavivefrom

3GPP TS 26.290,ipghides aprocegsing pf piRercepiyally yejghtad signal iy, dsihe trapsfogm domain.
A Fourier transforme Wei%h eg signal is (gol%ant'ize usirﬁ)}a split multi-rate lattice % antization
c r

(algebraic VQ) it Flde SRRz AdshFortt Feal@nBedbn 16257813 or 256°sample
windows. The exeivativresigngl istreeodred byhmvBPSE i@ heC?0 §laRtRsdweightéd signal
through ag invetsexwgightingfitier dThvpT € Xopetetnay aksocke used theodified foha in wdich the

MDCT is used‘b%iybgﬁgepla%ge \éegigp sealarguantizagjop,and @{}r%rithn‘]%lkcpg r foggg_!goding

spectral lines. 25nt music" coding branch 210b, a spectral converter preferably comprises a
specifically adaBERTIBEP Bpefafon Ravird 8RR bYW RINctiohR T8I0l by R-Stream
quantization/emtnd i pheading 3dge whidhimaindonsigttdfen30 single vector quantization stage, but
preferably is a combined scalar quantizer/entropy coder similar to the quantizer/coder in the frequency

domain ing.brangh, i.e..in it Fig,, 535, In the osp 1" jng br a, there is the
LPC blogk%SloFf%lk?cv%leéd %/Pa? sw%gﬁ%ggilg,%ggi) %O%Wengyean%Eé%%E%k 5921[3683%110' Cgﬁ(ggl'ock 527.
ACELP is deséﬁﬂ@&ﬁ%eséﬁpﬁﬁé%.fﬁﬁné%%%%188%&Minaséﬁbc$‘s%é‘go?e8ﬁé fly, wo

2010/003545PGHE R20GS/0045ZE R0 e ACELPMBIOLRTE26 tEbeivEs dh [FCeReratiohrsigital as

calculated by axprpceghiig as describemkin higdd . Tahe Tenoblockiazbmrecheas angeighfed signal as
generated by Fig, the decoder side illystrateddn Fig. 6,-aftey the inparse spegtsahtransform in
block 537, the ‘?‘rgv%%gg’é%tr% v%%ig tin %il%r is apgligd T (i ﬁé-lggia-&%%zh/gg fﬂ .

15 A FoO ransform wel signal

the transform domain. rier
is quantized using a split multi-rate lattice quantization
(algebraic VQ) with noise factor guantization. A transform
is calculated in 1024, 512, or 256 sample windows. The
excitation signal is recovered by inverse filtering the

20 quantized weighfed signal through an inverse wéighting
filter. The TCX mode may also be used in modified form in
which the MDCT is used with an enlarged overlap, scalar
quantization, and an arithmetic coder for encoding spectral
lines.

25
In the “music” coding branch 210b, a spectral converter
preferably comprises a specifically adapted MDCT operation
having certain window functions followed by a
guantization/entropy encoding stage which may consist of a

30 single vector guantization stage, but preferably is a
combined scalar guantizer/entropy coder similar to the
guantizer/coder in the frequency domain coding branch,
i.e., in item 421 of Fig. 5.

35 In the “speech” coding branch 210a, there is the LPC block
510 followed by a switch 521, again followed by an ACELP
block 526 or a TCX block 527. ACELP is described in 3GPP TS
26.190 and TCX is described in 3GPP TS 26.290. Generally,



Then, the signal is filtered through (1-A(z)) to go to the 10 LPC excitation domain. Thus, the
conversion to LPC domain block 534 and the TCX-1 block 537 include inverse transform pz-i) and
then filtering %‘ﬂ%’sﬁs 1,;[ A(4) to convert (1 - A(z /'y)) from the weighted glopain,i9,ihg £Xcitation
domain. 15 Alt ough item 510 in Figs. 3, 5 illustrates a single block, block 510 can output different
signals as long as these signals are in the LPC domain. The actual mode of block 510 such as the
excitation signal mode or the weighted signal mode can depend on the actual switch state.
Alternatively, 2htherdacle 5H0 cak haeé tweepataties pacedsify devidds: wilvere DheTdelicRSis
implemented simyjlay; 1, Figy 7tgndath5§g@dﬁ@éjc%gs inpiereptadl asFigi§..Hancerilke tBL domain
at the output of 510 cap represent either the LPC excitation signal or P ightedsignal or any
other 25 LPC E&ﬁfélfn gén?alF?rﬁ: fhe' Sécond we%%:quﬁ\eggb%!'ﬁé]ﬂ%%caéfP C)%)rg‘t\lg%. g}ﬁhfisgi}gnal is
preferably pre®mphasized through a filter 1-1114 before encoding. At the ACELP/TCX decoder in Fig.
6 the 30 synthesized signal is deemphasized with the filter 1/(1-1.12-1). In a preferred embodiment,

the parameter fias the.valye 0,68 » The pieemphasiecanebe part okthg LPE,blogk&dp whree the
signal is preemphasized before LPC analysis and guantization. .Similarly, Si e 35 part
of the LPC syntAd§i% BfodPEFEET Eab? ﬂigﬁp%f'mg%g%;gﬁ%% 203&%{%}%929]§F%f2%%5trate5 a
decoding scherifd 88fréBforidiid 5 theSen2BRIMLESENERRE of g, &. THE%ittrBam Generatéd by
bitstream multiplexer 800=(0s DyitRLL interfada)efteid. bhisinmtt intd-etitstieane demuttipldxer 900 (or
nput > infg{faifgSD%&%ldégg P#hﬁ%%%fmﬁﬂ%rﬁfglvegﬁgr)@m@@gf&% the bisiteagoniziamode.

etection bloc 1 (e.g. part of the controller 140 in Fig.,1), a decoder-si le it ' trolled to
either forward Qbﬂ‘él% ﬁ%ﬁ tﬂ@%p‘b}é‘? bFé{rg S %%7 iﬁfdlflge mg r%vg 9{1}_‘%{3,%1%99{1

ch or'signal rg_mp e lower branch to the
il ing through {1 - A{z)) to convert
and then filtering g =z /v

from the weighted domain to the excitation domain.

15 Although item 510 in Figs. 3, 5 illustrates a single block,
block 510 can output different signals as long as these
signals are in the LPC domain. The actual mode of block 510
such as the excitation signal mode or the weighted signal
mode can depend on the actual switch state. Alternatively,

20 the block 510 can have two parallel processing devices,
where one device is implemented similar to Fig. 7 and the
other device is implemented as Fig. 8. Hence, the LPC
domain at the output of 510 can represent either the LPC
excitation signal or the LPC weighted signal or any other

25 LPC domain signal.

In the second encoding branch (ACELP/TCX) of Fig. 5, the
signal is preferably pre-emphasized through a filter I—pz™
pefore encoding. At the ACELP/TCX decoder in Fig. 6 the
30 synthesized signal is deemphasized with the filter
1/(1-pz"). In a preferred embodiment, the parameter p has
the value 0.68 . The preemphasis can be part of the LPC
block 510 where the signal is preemphasized before LPC
znalysis and gquantization. Similarly, deemphasis can be
35 part of the LPC synthesis block LPC™ 540.



10 bandwidth extension block 701. The bandwidth extension block 701 receives, from the bitstream
demultiplexer 900, side information and, based on this side information and the output of the mode

detection 60%.4¢ ?g{ﬁg%ts the high band based on the low band output By-sWifh,d3gsFhe 15 control
signal 108 contro used crossover frequency;fx. The full band signal generated by block 701 is

input into the joint stereo/surround processing stage 702 which 20 reconstructs two stereo channels or
several multi-channels. Generally, block 702 will output more channels than were input into this block.
Depending ongthg applications the iyt itaibloc 7702 mahexen mciudestwodhagnels stdteas in a

stereo mode and may egvergg}gé%%e ng_,qe ¢hannels as lpng 2@§§§@§@é@pu@@‘ﬁgb§a@@gk has more

channels than the input’into this block. The switch 232 in Fi 5 has ee wn t itch tween
both branches@&ﬁ%‘i% W&B%&’Aﬁ:ﬁ?‘ﬁece%/\%é a's énacf%gb processtand ﬁ?e &ﬁe?ﬁr%nch does not

receive a signalsto prapess. imbe alternadive ehasstlinfanuhswalexese stiRh 282 mayRb be
arranged subseguent i for exaepriadhe qaudio ancaderdiaand theiexditatidnfencoelerti?le 523, 524,

uhich means IbaLRObandies £l0a, 2148 processibe same-3 signaiparalel Inarder to not

double the bitrate, however, only the signal output % one of those codlng tg{anclées 210a or 210b is
selected to beRfrftten frfto ﬁ"??eeoui:ﬁﬂtbﬁgllrésﬁl THe deﬁrﬁloﬁjs?age ifl thén Sperate 50
2010/003545PGH/EER0RZ0A4520aRrolled to either forward signals from the

upper branch or signals from the Ilower branch to the

10 bandwidth extension block 701. The bandwidth extension
block 701 receives, from the bitstream demultiplexer 900,
side information and, based on this side information and
the output of the mode detection 601, reconstructs the high
band based on the low band output by switch 132. The

15 control signal 108 controls the used crossover freguency
fx.

The full band signal generated by block 701 is input into
the joint stereo/surround processing stage 702 which

20 reconstructs two stereo channels or several multi—channels.
Generally, block 702 will output more channels than were
input into this block. Depending on the application, the
input into block 702 may even include two channels such as
in a stereo mode and may even include more channels as long

25 as the output of this block has more channels than the
input into this block. '

The switch 232 in Fig. 5 has been shown to switch between
both branches so that only one branch receives a signal to
30 process and the other branch does not receive a signal to
process. In an alternative embodiment, however, the switch
232 may also be arranged subsequent to for example the
audio encoder 421 and the excitation encoder 522, 523, 524,
which means that both branches 210a, 210b process the same
35 signal in parallel. In order to not double the bitrate,
however, only the signal output of one of those encoding
branches 210a or 210b is selected to be written inte the
output bitstream. The decision stage will then operate so



that the signal written into the bitstream minimizes a certain cost function, where the cost function can
be the generated bitrate or the generated perceptual distortion or a combined rate/distortion cost

function. Th%(,%f%?w&ig}gg 5 in this mode or in the mode illustrated in the Eigphgsqibg.desision stage
can also operate In a closed loop mode in order tg;make sure that, finally, only the encoding branch

output is written into the bitstream which has for a given perceptual distortion the lowest bitrate or, for
a given 10 bitrate, has the lowest perceptual distortion. In the closed loop mode, the feedback input

may be derivegisam ewiputs Dfflad threei gtiamtizensoalet biocksiAZT, B2nand 42dvhaRig. 3 15 Also in
the embOdimeE‘%WchE% 6-the- Swilch. 133 mayiaaiternative emahodinests be arangest afterthe BWE
module 701 so that the bandwidth extensi plis %erform%g i Bg(:alleel %rabLOtﬁ g@g@@oqin%]_,he switch
selects one of #FEFF8 BN dMdthidteRded Synaie Z07n theimplementation having two switches, i.e.,
the first switcha232ahd tes! ssasrd SIAERBRIOR i§pRstefieathalihe fherelotfon Soritheirst switch

is lower than the time: ke salidionsfor the seeond dwitch 1 Stated differéntly, 125 Miechioeks ofitfe input
signal into the first switch which can be switched via-a swith operatiois aee larggy thasthesblocks
switched by the second switch 521 operati %in t enLI?LCJE-dom%iT. Eo@mptl__lar{% C}tﬂg frekgygggx
domain/LPC-dBRffiT sRch252 My Switth blockd st a I%hgﬁﬁ of'1 )24 samples, 8 and the second
switch 521 carpswitett bioeky hbviren23@samphes &ids Higanilltsiates"@ mote Hethildyven
implementatior,of thakBE1analysis btockrb10h&hel avdistsignit issinputinto &£ 85 fiker @ievermination

block 83 which determines the filtgr jpformation A(z)e Ehisdpiosmationde okadras thensherketerm
prediction information required for a decoder. %he %horktelrm rtedlctlon Qj}or ation Is, re]gy&gd by the
WO 2010/003545E T EF2BB0 106432255 act i

u§Id|;)r%Ei|ctioF11 iter 85.7n & subtracter 86, a current
sample of the awdipwignab s iRPat Mtk & prethemE ahid Brahe tuREAt§dmpPrelis siBra@Bl so that
for this sampleg4the predictipn error signal is generated at line 584. While Fig. 7 illustrates a preferred

way to calculate the

15 Also in the embodiment of Fig. 6, the switch 132 may in
alternative embodiments be arranged after the BWE module
701 so that the bandwidth extension is performed in
parallel for both branches and the switch selects one of
the two bandwidth extended signals.

20
In the implementation having two switches, i.e., the first
switch 232 and the second switch 521, it is preferred that
the time resolution for the first switch is lower than the
time resolution for the second switch. Stated differently,

25 the blocks of the input signal into the first switch which
can be switched via a switch operation are larger than the
blocks switched by the second switch 521 operating in the
1.pC-domain. Exemplarily, the frequency domain/LPC-domain
switch 232 may switch blocks of a length of 1024 samples,

30 and the second switch 521 can switch blocks having 256
samples each.

Fig. 7 illustrates a more detailed implementation of the
LPC analysis block 510. The audio signal is input into a
35 filter determination block 83 which determines the filter
information A(z). This information is output as the short-
term prediction information required for a decoder. The
short-term prediction information is required by the



excitation signal, Fig. 8 illustrates a preferred way to calculate the weighted signal. In contrast to Fig.
7, the 10 filter 85 is different, when y is different from 1. A value smaller than 1 is preferred for y.

Furthermore g[n[%‘l}géz is present, and g is preferable a number smalleg than 1 Sensrally, the
elements in Fig. 7 and 8 can be implemented as i3 3GPP TS 26.190 or 3GPP TS 26.290. 15

Subsequently, an analysis-by-synthesis CELP encoder is discussed in order to illustrate the
modifications applied to this algorithm. This CELP encoder is discussed in detail in "Speech Coding: A
Tutorial RevieattAndreas<2(i Spaniasf Pldeeedings dhthe |EEE; Mott82; N, 108 Gutobento94, pages

1541-1582. FQspecficfasesWhan Aolfamgrs & mixture of unkeiged apdyaicedespepshar when

speech over music ageurs. 4 1CX 25 cading.can be mare appiapiate o eqds. thg gxciiaiion n the LPC
domain. The co n?g pcrocesses dlrecﬁy the Bxcitation in the requency domain without doing any

assumption ofseRAGen [HIRRIUBFSS IS TEXSE B%eh MbARGenerR® RS EE ' Eodiig 4n85s not
restricted 4o a §9iced 30 or a non-voiced source model of the excitation. TCX is still a source-filter
model coding using a linear predictive filter for modelling the formants of the speech-like signals. 35 In

the AMR-WB+-|ike, coding, a selection between different TCX modes and P takes e as
known from th@%\}lﬁ-\ﬂ%%'deszc,c?igﬁélr?glrﬁg%&)@mgégg gfrezgg;eyéilrﬁ ?r?ﬂw:etgﬂ?é% Felnggkgf% o?ﬁ%
block-wise Fast#oidis ivansTaanad wWE2010f00554BBENHE P0G/ ETAEEF 28 Viffétdnt t6r different
modes and the:bestihetle cahdevsdlgbteebysdyaaalysiErbysymthresis approath or by adirect
.vfeedfi%@rd"fﬂo%?eg AI§5jis§gs_s_gg ﬂﬁg@g}}ggtioq}\({gm Rig. (f/sangﬁff@ggmm@gcp{te-p[ocgzzing |
stage preferably includes a joint multi-channel (surround/joint ster i an itionally,
a bandwidth ei’t@hgﬁ)n%{?{;@§§O.tegﬁes{polnsc'iir%]ff,éeeréggodkg??n(?Od%gug%é\%%w%%'10gg>%tension
stage 701 andtil eGtisedjliehtly BEREERE jGTREMBItERamTE S3G8 762 2P rRAEIRREy, fT8 ol

multichannel stagen101.is,cwitie resipeet totthe eatedemn tonnisttedilgaforeé tkamBarftl width éx@ension

stage 230, and, poithgdacoder sids, the bandsvideh extiensionsaiage 791 Lhoconnected before the
joint mult'%hanne stage 702 with respect to the signal processing direction. Alternatively, however, the
commonipre-processing stage can include a joint multichannel stage without the subsequently
connected bandMRGBEEEEdiBN stafe oRREBAThFTRY 26 WX stdde ithBOFE LBhnedied joint

multichannel sthgecussed in order to illustrate the modifications applied
to this algorithm. This CELP encoder is discussed in
detail in “Speech Coding: A Tutorial Review”, Andreas
20 Spanias, Proceedings of the IEEE, Vol. 82, No. 10, October
1994, pages 1541-1582.

For specific cases, when a frame is a mixture of unvoiced
and voiced speech or when speech cover music occurs, a TCX

25 coding can be more appropriate to code the excitation in
the LPC domain. The TCX coding processes directly the
excitation in the frequency domain without doing any
assumption of excitation production. The TCX is then more
generic than CELP coding and is not restricted to a voiced

30 or a non-voiced source model of the excitation. TCX 1is
still a - source-filter model <coding wusing & linear
predictive filter for modelling the formants of the
speech-like signals.

35 In the AMR-WB+-like coding, a selection between different
TCX modes and ACELP takes place as known from the AMR-WB+
description. The TCX modes are different in that the
length of the block-wise Fast Fourier Transform 1is



Figs. 9a to 9b show a simplified view on the encoder of Fig. 5, where the encoder comprises the
switch-decision 25 unit 220 and the stereo coding unit 101. In addition, the encoder also comprises the

bandwidth e&sr}ﬁﬁﬁ&%? 230 as, for example, an envelope data calculajgrang SBR- sejated

modules. The switch-decision unit 220 provides agswitch decision signal 108’ that switches between
the audio 30 coder 210b and the speech coder 210a. The speech coder 210a may further be divided
into a voiced and unvoiced coder. Each of these coders may encode the audio signal in the core
frequency bandifieg eifferefit numibéfeoksampledatucs el g. thep496s4 highéereSeiutideor 256 for
a 35 lower resglution) cFhesyiteh, degisian signalhP8 isyalspesippliestioribedandwidibyextension (BE)
tool 230. The BWE t(%ol\zf%o \gi%lc'}tgen use §?§i§witch decision 108' in order, for example, to adjust the
number of the %b%%ﬁal enve opes {RO 20161603545PCT1EP20091004522 25 104 and to turn on/off

an optional transient detector and adjust the crossover frequency fx. The audio signal 105 is input into
the switchsdecisionitisit228eahdis inputirotthestevéd koding 103 sertilatéthe Sisre @By 101 may

pre-processing stage 100 preferably includes a Jeint
multi-channel (surround/joint stereoc device) 101 and,
additionally, a bandwidth extension stage 230.
Correspondingly, the  decoder includes a  bandwidth

10 extension stage 701 and a subsequently connected joint
multichannel stage 702, Preferably, the joint multichannel
stage 101 is, with respect to the encoder, connected
before the band width extension stage 230, and, on the
decoder side, the band width extension stage 701 1is

15 connected before the joint multichannel stage 702 with
respect to the signal processing direction. Alternatively,
however, the common pre-processing stage can include a
joint multichannel stage without the subsequently
cannected bandwidth extension stage or a bandwidth

20 extension stage without a connected Jjoint multichannel
stage.

Figs. 9a to 9b show a simplified view on the encoder of
Fig. 5, where the encoder comprises the switch-decision
25  unit 220 and the stereo coding unit 101. In addition, the
encoder also comprises the bandwidth extension tools 230
as, for example, an envelope data calculator and SBR-
reiated modules. The switch-decision unit 220 provides a
switch decision signal 108’ that switches between the audio
30 coder 210b and the speech coder 210a. The speech coder 210a
may further be divided into a voiced and unvoiced coder.
Fach of these coders may encode the audio signal in the
core freguency band using different numbers of sample
values (e.g. 1024 for a higher resolution or 256 for a
35 lower resolution). The switch decision signal 108’ is also
supplied to the bandwidth extension (BWE) tool 230. The BWE
tool 230 will then use the switch decision 108’ in order,
for example, to adjust the number of the spectral envelopes



5 produce the sample values which are input into the bandwidth extension unit 230. Depending on the
decision 108' generated by the switch-unit decision unit 220, the bandwidth extension tool 230 will

generate sp%gg%wgsg plication data which are, in turn, forwarded eith‘iﬁﬂﬁi}&g@‘_{gj? coder 210b

or a speech coder a. The switch decision signgl 108" is signal dependent and can be obtained from
the switch-decision unit 220 by analyzing the audio signal, e.g., by using a transient detector or 15
other detectors which may or may not comprise a variable threshold. Alternatively, the switch decision
signal 108" may be aghusted mantallys(e gy anseptardisabtainedsfiiemta dateesitesm Gaguded in

the audio Signaalh%?sléh%ﬁgtp&!géQs%@ydigf@%%r?a&bépd thespegshcoder#10a may qgain be

input into the bitstream formatter 800 (see Flaﬁ%?‘ﬁ%g- 9b shows_an example for. the switch decision
|

signal 25 108" WRRAdEtBER anPFudiy Sigrd RAnetotitbetéie £Rrt fithe 1AM atfer R second
time th. Betwedmehesfrstrgme epdnadInelSdcond tifleath, thbswittRiReisforednig 220 det@érs a speech
signal resuitingdadtifieent gdisgreteambies forihaiswitckglegisionsignalitiRic30 Thedlecisien to use a
higher crossover. . X d lled by.the switchi Sl nit 220Q.,This t the
described metrgoa(}( %ggggﬁgsgb%%gﬁqir% Esy%{é% ir?\%,v%chrt?ﬁg%gggﬁn%d%é igcgc%]mtgi@egg %vsitt%?gnly a

single core 35 ¢Oder g Falig6le RosEBSer FEGURNCY 1. E WS S 63 6/5035R8 P C FEP 200804522 26
simultaneouslytmedni ttktratiorestss aretlon Wherd the bldckFanetivriditiepesttesgondao dhe

method steps. kg 10-Hustsatesa eeprasentation for an engaded apdio-asignal d2-comprsing the
first portiq 1046}i &rl]% S§§8n9 pé){%%n %949 gé@é%gog@&%ozlﬁagq a fourth portion 104d. In this
representation the enco ed audio signal 102 Is a bitstream transmitted over a transmission channel
which comprises furthermore the coding mode information 10 108. Each portion 104 of the encoded
audio signal 10Phmayvwéprdseie aidifferent iatepodf, althosdk differéapporddnt Foudmagbe in the

frequency as well asgime glednair e thatthewencodedaatidia signah 102 raay Bet repsasent agime line.
15 the audio signal, e.g., by using a transient detector or
15 other detectors which may or may not comprise a variable
threshold. Alternatively, the switch decision signal 108/
may be adjusted manually (e.g. by a user) or be obtained

from a data stream (included in the audio signal).

20 The output of the audio coder 210b and the speech coder
210a may again be input into the bitstream formatter 800
{see Fig. 5).

Fig. 9 shows an example for the switch decision signal
25 108’ which detects an audio signal for a time period before
a first time ta and after a second time tb. Between the
first time ta and the second time tb, the switch-decision
unit 220 detects a speech signal resulting in different
discrete values for the switch decision signal 1087.
30
The decision to use a higher crossover frequency fx is
controlled by the switching decision unit 220. This means
that the described method is also usable within a system in
which fthe SBR module is combined with only a single core
35 coder and a variable crossover freqguency £x.

Although some of the Figs. 1 through 9 are illustrated as
block diagrams of an apparatus, these figures



In this embodiment the encoded audio signal 102 comprises in addition a first coding mode information
108a identifying the used coding algorithm for the first portion 104a; a second coding mode information

108b identifyj (%g_gsed coding algorithm for the second portion 104@&;&15%%9@& mode
information%]ggégﬁgéntﬁy?ng the used coding algogithm for the fourth portion 104d. The first coding

mode information 108a may also identify the used first crossover frequency fxI within the first portion
104a, and 25 the second coding mode information 108b may also identify the used second crossover

frequency fx2 within thenseeandynartien 494h. 1Feraxpmplenwisifin shevérshpdrtiontdda thedspeech”
coding mode may, b ysed and itin the seeand apion 10dkuhe sqisigacadiag ode may be used
so that 30 the firs crossoverlfrequency xI may be higher than the second crossover frequency fx2. In
this exemplary embodiment the encoded audio signal 102 comprises no coding mode information for
the third portiomi35. 104k whithsndisates thatthereisend shdnge iAdhe aBe¢BARBEGST atféPcrossover
frequencydx betwsen the disst anddhird pestiomt04a; esthesetoreothe Toding made intaroration 108

may appear as header only for those WO 2010/003545PG/EP2009/004522, 27, pogtians: 44 which

use a differentdre toderandlor crossover fr uency compared to the pr ceding ortjon Jﬁfurther
embodiments ik8tshd dFsiditatifg ﬂ?é”&ﬁﬁ%%%%ﬁ@%ro@%%v é’d{%cé% P thie c%ﬂ‘%ren% portions
104, the 5 codée snode infaratationnl 08 raayswompede @ ¥igle dit ihﬁ%aﬁmé%ﬁé%re@bﬁ%??ﬂ{st or
second encod%%@@@@ﬁﬂ%ﬁﬂe FesRectivePastioprk04. cEherefprendar signalingrafitherswitch
behavior between the_ 10 different SBR-taqgls can be done h bmitting, f r-gfgaempl S cific bit
within theIBitstlje%?ﬁ, SRt Cl’srqélggific{ %ﬂ rr?a%/ 'gtlt])’r%-:‘r‘leoré1p %Cr:g%%ﬁ srpgeﬁct:(?:‘il%be%hlavior in%gdég%der.
Alternatively, i SpteRmRMNithawFddrEsdsitls actBriing 46 ehBudinfentd 8 Bigriatihg BFERS switch
may also be 15initiated Hyiaralyzingtkee tore bedde dnthiswaseshesbbniSsibhsT tHe%REptation of
the SBR tools ig fopg mpligitly, dhatyaeans itds deteimined byothe sogrespandirgeeteseades activity.
20 More details abouéérg standard description of the bitstream elements for the SBR payload can be
found in ISO/ITEE™F4 13 sub-clause 4.5.2.8. A modification of this standard bitstream comprises an
extension'&f the index to the master frequency table (to identify the used crossover 25 frequency). The
used index is caided;Hos exarnpléimathtfoahbitsakmdiag tihedisssevarsdndlid?oeSParabIE B¥er a
range of 0 to 15 hand§qdition a first coding mode information 108a

identifying the used coding algorithm for the first portion
104a; a second coding mode information 108b identifying the
2¢ used coding algorithm for the second portion 104b; a third
coding mode information 108d identifying the used coding
algorithm for the fourth portion 104d. The first coding
mode information 108a may also identify the used first
crossover frequency £x1 within the first portion 104a, and
25 the second coding mode information 108b may also identify
the used second crossover freguency f£x2 within the second
portion 104b. For example, within the first portion 104a
the “speech” coding mode may be used and within the second
portion 104b the “music” coding mode may be used so that
30 the first crossover frequency fx1 may be higher than the

second crossover frequency Ix2.

In this exemplary embodiment the encoded audio signal 102
comprises no coding mode information for the third portion
35 104c which indicates that there is no change in the used
encoder and/or crossover frequency fx between the first and
third portion 104a, c. Therefore, the <coding mode
information 108 may appear as header only for those



Embodiments of the present invention can hence be 30 summarized as follows. Different signals with
different time/frequency characteristics have different demands on the characteristic on the bandwidth

extension. nga@%ﬂg&als (e.g. within a speech signal) need a fine tempe%lgg(ﬁglhmg&of the EWE

and the crossover frequency fx (the 35 upper fregdency border of the core coder) should be as high as
possible (e.g. 4 kHz or 5 kHz or 6 kHz). Especially in voiced speech, a distorted temporal structure can
decrease perceived quality. Tonal signals need a stable reproduction WO

2010/003545R HER209/004522128:0f spestral sompdrenteand aoeéchisgdwarmanic pattern of the
reproduced high flequency poigns, Te staple repoduction of fanal pagtsdmiis-begiere gader

bandwidth but it does not nee with fine tempaoral put finer 5 spectral r%solutlog. In,a switched
d

speech-/audio®brE RBFe PRESHNT R I BosdifiEaBhiseiths YoPe £508r ddtsiSh BT to°ddaptoth the
temporal and spectsbrharatteristies of #fe EWE dbe wel SEcrprpling e EYVE sidtt fredliéncy
(crossoveg frequency) e dhe signabeharactaristicss 10 Therefosmmmbediments prguide shandwidth
extension where the core coder decision act jon, crite] b ' ign
characteristics%:i'%gécsalg ﬁé‘lﬁm;t %‘fethg %ﬁ%n§§§ %%\?Vg%ggg gc%gsg?/%%?%% fr%%%élﬁ%tg cegr%%lb&es' ri'ae)alized
explicitly by se#eiffy A8ditibRgl RfotREfoh @sPRI e pig 4the coding mode information 108) in the
bitstream or implicitly by deriving the crossover frequency fx directly from the core coder used (in case
the core coderig 8 <G signaledwithinthei2Q;bitstrears). Jarearnplieaa ioxvebBYWE dtequency fx for
the transfqm code ((or example audio/music 6961 A0k st 013 fine dapal(speechy coder. In
this case, the crossoverr}re'quenp may be in the ran%e between O Hz up to the NquL)Jist J‘rfe,qéjency. 25
as specific bif within the bitstream, so that this i

speci
bit may turn on or off a specific behavior in the decoder.
Alternatively, in systems with two core coders accofding to
embodiments the signaling of the switch may also be
15 initiated by analyzing the core cecdec. In this case the
submissgion of the adaptation of the SBR tools is done
implicitly, that means it is determined by  the

corresponding core coder activity.

20 More details about the standard description of the
bitstream elements for the SBR payload can be found in
180/IEC 144%6-3, sub-clause 4.5.2.8. A modification of this
standard bitstream comprises an extension cf the index to
the master frequency table (to identify the used crossover

25 frequency). The used index is coded, for example, with four
bits allowing the crossover band to be variable over a
range of 0 to 15 bands.

Embodiments of the present invention «can hence be
30 summarized as follows. Different signals with different
time/frequency characteristics have different demands on
the characteristic on the bandwidth extension. Transient
signals {e.g. within a speech signal) need a fine temporal
resolution of the BWE and the crossover fregquency f£x (the
35 upper frequency border of the core coder) should be as high
as possible (e.g. 4 kHz or 5 kHz or 6 kHz). Especially in
voiced speech, a distorted temporal structure can decrease
perceived quality. Tonal signals need a stable reproduction



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 device

correspond% %@g‘;step or a feature of a 30 method step. Analogouﬁ%lgm%% ggfcribed in the
oc

context of a method step also represent a descriggon of a corresponding ~or item or feature of a
corresponding apparatus. 35 The inventive encoded audio signal can be stored on a digital storage
medium or can be transmitted on a transmission medium such as a wireless transmission medium or a
wired transmissipn spedivprsucivag thetiternehdWO 2a1@/RDR54FRECTATR20094304522 26

Dependingoncgggini%g@g&@é@reqlrg@mengsr&mgg(ywengoqgggli)r},\/_enti%gan ke implemented
in hardware or Iin software. The implemerntation can pe performed using a 5 digital sto&a edium, for
example a flopp§RASEUCHYR LEDEARONEL PR W%\ﬁ%é&%l\ﬁ,ogn Eﬂéﬁ%%l\%gp aﬁ%@lﬂ,
memory, havingustectionitaty raseiableasshiral Siifials storeditepeckepREReodpetaté {BFEre
capable ofscoopgeatingd withea pregrasinable eonspltesisydtespsach tatthed Oxespectve method is
performed. Sorge smpodiments agaading (o g ILEN(GLCUBRASEBHAIA CREIELIBHINGL <o

a whic

electronically réadable ‘cohtro sighals, are capable of cooperating with a programmable 15
‘pale ot cqopey famma)

computer systerfi, &i#thaP8hHE of fife ARSI de StbetHETaNTis perhmeltGenetaly,
embodiments dfttke BBEentiaventdd cadshe FagieRicieddsea cBWpUtEprograftSoeREWith a
program 20 code.lhedquegiam eedebeingyoperative fonperfarining bne ohtheamiethdds when the

computer, program product runs o a computer, The RLOgam.cors may fasexauplebs siored on a

machine readable carrler.éZS Other embodiments comprise the co %t.er rogram for Berf(%rming one
of the methods d¥critEcPher8AC StofRFd R HMadhive redtiatid® ?r’ger?‘?n oth&rwords.an °°
embodiment ofithe dwiehtiveernbineliien 30hhartdrer hsdorffuter program having a program code for
performing one of the methods described herein, when the computer program runs on a computer.

The signaling of the changed BWE start (crossover})
15 frequency can be realized explicitly by sending additional
information {as, for example, the coding mode information
108) in the bitstream or implicitly by deriving the
crossover frequency fx directly from the core coder used
(in case the core coder is, €. g., signaled within the
20 bitstream). For example, a lower BWE frequency fx for the
transform coder (for example audio/music coder) and a
higher for a time domain (speech) coder. In this case, the
crossover frequency may be in the range between 0 Hz up to
the Nyquist frequency.
25
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
device corresponds to a method step or a feature of a
30 method step. Analogously, aspects described in the context
of a method step also represent a description of a
corresponding block or item or feature of a correspeonding

apparatus.

35 The inventive encoded audic signal can be stored on a
digital storage medium or can be transmitted on a
transmission medium such as a wireless transmission medium

or a wired transmission medium such as the Internet,



A further embodiment of the inventive methods is, 35 therefore, a data carrier (or a digital storage
medium, or a computer-readable medium) comprising, recorded thereon, the computer program for

performing QQ %fll;{)&]gggthods described herein. WO 2010/003545PCT/§(§’]399§/(9%§% 30 A further
embodiment of the inventive method is, therefore;qa data stream or a sequence of signals representing

the computer program for performing one of the methods 5 described herein. The data stream or the
sequence of signals may for example be configured to be transferred via a data communication
connection, for example via the Internet. 10 A further embodiment comprises a processing means, for

example a cor@@g@f,&r@ prog@{nma@l@ﬂ@gigrgevicgmgq@w@gﬂg&ﬁ adamgqggg m&@m&one of the
methods descibed Roreln 1o Sfuriher slpadinent somnrses & sampHistdang, Retgliegthereon
the computer pr gramnfor performing one o the Metho s described herein. In some embodiments, a
programmabledsgiErd A (1BF 20 SRfnHERL FEIEHr8Gr-RAMEMTe BStPEFENMES BE°d<E fo perform
some or al of thggfubationalsesgef thednethod$ deseribeg hereinf inppmedimbodiandifE, a field
programmablecgate arrgymay CeeRelate, Wit BBieroRIACesSaidN oder4o peHoHM mercfthe

methods described herein, Generally [heygs melhods e preferaplyperloyech by any paggvare
apparatus. The aBoVE deScribed embodiments are mere y illustrative for the principles of the present

invention. It is GH@&RMad AL FDIFRAREAS AR VaTatiBAS o R EngReRRCRT 36 1RE details
described hereiri will beaapparent-tonotiieis skillechipithe art. ks tresintesittherefdratto bakmited only
by the scpge o}%%@ng@@g%@ daimeard pathy the specific details presented by way of

description and explanation of the embodiments herein. 31
Some embodiments according to the invention comprise a data
carrier having electronically readable control signals,
which are capabkle of cooperating with a programmable
15 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 product with a program

20 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 De stored on a
machine readable carrier.

2% Other embodiments comprise the computer program for
performing one of the methods described herein, stored on &

machine readable carrier.

In other words, an embodiment of the inventive method is,

30 therefore, a computer—program having a program code for
performing one of the methods described herein, when the
computer program runs on a computer.

A further embodiment of the inventive methods 1is,

35 therefore, a data carrier (or a digital storage medium, or
a computer-readable medium) comprising, recorded thereon,
the computer program for performing one of the methods
described herein,



Claims 1. An apparatus for decoding an encoded audio signal, the encoded audio signal comprising a
first portion 5 encoded in accordance with a first encoding algorithm, a second portion encoded in

accordance Wg@(@(ﬁg&%ﬁi encoding algorithm, EWE parameters for the f'igétrﬂﬁ%‘ﬂ&(ﬁ%ﬁhe second

portion and a coding mode information indicatingsg first decoding algorithm or a 10second decoding
algorithm, comprising: a first decoder for decoding the first portion in accordance with the first
decoding algorithm for a first time portion of the encoded signal to obtain a 15first decoded signal,
wherein the first decoder comprises an LPC-based coder; a second decoder for decoding the second

portion in accogdangg with the seaend decoding aloorit {912 20 sesgud tine pratiasebe encoded

signal to obtain'a second decoded signal, wherein the segond decoder comprises a transtlf_%rm-based
coder; a EWE ho8aeMaiing 2 BorftfolldblE SREDTEr B ety Sthé PatRbeny
configured for perfigrmtiag a lranewidth extensiopakfortidngsing e firsfdedodied skfarafd the EWE
parameters fordhg firstqutioneand for peHermingra basdwidii exdensiohealgeritpnensiag e second

decoded signal:30and (he, handyidth exiension BALAMeteL (ol e seaqnckpoiione - - ulhersip the EWE

module is conf@h?gg o uSe A first crossover frequency for the bgndwidth exéggsion for he
35thefirstdecodedsigidan ™38 <L L8 on§ RPOEOTEP Rrequéiy P IRBandWIdH extehsion for

the second dectuleelrsignal, wherein the first crossover frequency is higher than the second crossover
frequency; and

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

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

In some embodiments, a programmable logic device (for
20 example a field programmable gate array) may be used to
perform some or all of the functionalities of the methods
described 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
2% methods are preferably performed by any hardware apparatus.

The above described embodiments are merely illustrative for
the principles of the present invention. It is understood
that modifications and variations of the arrangements and
30 the details described herein will be apparent to others
skilled in the art. It is the intent, therefore, to be
limited only by the scope of the impending patent claims
and not by the specific details presented by way of
description and explanation of the embodiments herein.



5 a controller for controlling the crossover frequency for the EWE module in accordance with the
coding mode information. 10 2.The apparatus for decoding of claim 1, further comprising an input
interface for inputting the encoded audio signal as ajjtstream. 3.The apparatus for decoding of claim
1 or of claim 2, 15wherein the EWE module comprises a switch which is configured to switch between
the first and second time portion from the first decoder to the second decoder so that the bandwidth
extension algorithm is either applied to the first déGadmissignal or to the second 20decoded signal.
4The apparatus for decoding of claim 3, wherein the  controller is configured to control the switch

dependent on the indicated decoding algorithm within 25the codi ode_information, 5. The
apparatus for decod?rxfg 8PERS Bt the rﬁ%oeéﬁ%ocﬁéﬁﬁ%, Wﬁe%\ﬁ??%g érg)ﬁ‘i‘flglfe? i§ LRfigured s increase

the crossover frequ&aSORRIIN tikeflise timeil0oktiorromprdetiogse the cidgsaver Peguremmy within
the secogd time poréigacBicAn appakadus-fofensogingranaudie Signak eerFSING! 33 fikgt encoder
which is configured to encode jn accardance with a first.encoding_algorithm, the first encodin
algorithm having a f?rstsf?ecq%%(ri]cf S§% v?%the?r\}v%%c%ﬁ the first gr‘?&”ﬁé{c%e?%%m‘ﬁ%%s &n ESEIC-)ISIé%ed

5coder; a second efféHtt Wifich BiErHighFal to EftodenfarBskRRte Withra sbBénd éaesding

algorithm, the portion and the second portion and a coding mode
information indicating a first decoding algorithm or a
10 second decoding algorithm, comprising:

‘a first decoder for decoding the first porticon in
accordance with the first decoding algorithm for a
first time portion of the encoded signal to obtain a
15 first decoded signal, wherein the first decoder

comprises an LPC-based coder;

a second decoder for decoding the second portion in
accordance with the second decoding algorithm for a
20 second time portion of the encoded signal to obtain a
second decoded signal, wherein the second deccder

comprises a transform-based coder;

& BWE module having a controliable Crossover
25 frequency, the BWE module being configured for
performing a bandwidth extension algorithm using the
first decoded signal and the BWE parameters for the
first portion, and for performing a bandwidth
extension algorithm using the second decoded signal
30 and the bandwidth extension parameter for the second

portion,

wherein the BWE module 1s configured to usge a first
crossover frequency for the bandwidth extension for
35 the firgt decoded signal and £o



second encoding algorithm having a second frequency 10 bandwidth being smaller than the first
frequency bandwidth, wherein the second encoder comprises a transform-based coder; a decision
stage for indicating the first encoding 15 algorithm foy first portion of the audio signal and for
indicating the second encoding algorithm for a second portion of the audio signal, the second portion
being different from the first portion; and 20a bandwidth extension module for calculating EWE
parameters for the awgho signak wdedeirncthesEWE modite qsieonfigurédio deoritratiad bytthe
decision stage to calgulalgLhe £V parametersfana bae@aaetﬁ\c'gﬁgagﬂ? figst fregpgnayppandwidth
e

in the first 25 portion. of the audio signal and for a band nqt including the second frequency bandwidth
in the second portion of tire &S gl%Yl%f BRI TR Hrst-Sr the- 95C0nd FrédRierdFoanaGiditt is 30
defined by a variable xpsssover fréyeemsant wiverein the decision stage is configured to output the
variable grossover frequency, wherein the EWE module is configured to use a first 35crossover

frequency for calculatingOtQErE\gE epj)rarafrgeters foE%sC;gLri%lgnco&%egus&ijrrl%thefirst 34 encoder and to use

[&) O SSover ra i)
a second crossoverafrequency or a S|gna1:encoded using ﬁwe second encoder, wherem the frst

crossover frequency Brhighér tREF tHecsbebhd o Ssever frrggencyd By Hhe apparangs fap@dnacoding of
claim 6, further comprisivgnartauiput interface for outputting the encoded audio signal, the encoded
audio signal comprising a first portion encoded in accordance with 10 a first encoding algorithm, a
second portion encoded in accordance with a second encoding algorithm, EWE parameters for the

first portidn add the SBEon*BERHA GHA cotify moBERbiFatictfindiadid thelfirst d&eddhid algorithm

or the second decodingprising an input interface for inputting the
encoded audio signal as a bitstream. '

3. The apparatus for decoding of claim 1 or of claim 2,
15 wherein the BWE module comprises a switch which is
configured to switch between the first and second time
portion from the first decoder £o the second decoder
so that the bandwidth extension algorithm is either
applied to the first decoded signal or to the second
20 decoded gignal.

4. The apparatus for decoding of claim 3, wherein the
controller is configured to control the switch
dependent on the indicated decoding algorithm within

25 the coding mode information.
5. The apparatus for decoding of one of the preceding
claims, wherein the controller is configured to

increase the crossover freguency within the first time
30 portion or to decrease the crossover freguency within
the second time portion.

6. An apparatus for encoding an audic signal compriging:



15algorithm. 8.The apparatus for encoding of claim 6 or claim 7, wherein the first or the second
frequency bandwidth is defined by a variable crossover frequency and wherein 20the decision stage is
configured to output the variable crossover frequency., 9.The apparatus for encoding of one of the
claims 6 to 8, wherein the EWE module comprises a Switch 25 controlled by the decision stage,
wherein the switch is configured to switch between the first and second time encoder so that the audio
signal is for differenttimgipartions:eitbdeencedead:-hy the firsicarfiysthessecond ercaser=30ikD. The

apparatus for encoding.gf.ane, oL the dlajms 6lp, & whareindhe degision stage is Qperatiye 1q analyze

the audio signal or a first output of the first encoder or a second output of the second encoder or a

35signal obtained b§Uet8dMg HERPpUESGn AT IRE fitst hesher srMBe5 EebandEhster with
respect to a target fubetionidl Ahwethdd fos decedingdarencongoicsdic signal, the@noaeded audio

signal camprising a fikzipertion

a second encoder which is configured to encode in
accordance with a second encoding algorithm, the
second encoding algorithm having a second frequency
10 bandwidth being smaller than the first frequency
bandwidth, wherein the second encoder comprisesz a

transform-based coder;

a decision stage for indicating the first encoding
15 algorithm for a first portion of the audio signal and
for indicating the second encoding algorithm for a
second portion of the audio signal, the second portion

being different from the first portion; and

20 a bandwidth extension wmodule for calculating BWE
parameters for the audio signal, wherein the BWE
module is configured to be controllied by the decigion
stage to calculate the BWE parameters for a band not
including the first freguency bandwidth in the first

25 portion o©of the audio signal and for a band not
including the second freguency bandwidth in the second

portion of the audio signal,

wherein the first or the second frequency bandwidth is
30 defined by a variable crossover frequency and wherein
the decision stage 1is configured to output the

variable crossover freguency,

wherein the BWE module is configured to use a first
35 crossover frequency for calculating the BWE parameters

for a signal encoded using the first



5 encoded in accordance with a first encoding algorithm, a second portion encoded in accordance with
a second encoding algorithm, EWE parameters for the first portion and the second portion and a
coding mode information indicating a first decoding ajgorithm or a 10second decoding algorithm, the
method comprising: decoding the first portion in accordance with the first decoding algorithm for a first
time portion of the encoded signal to obtain a first decoded signal, 15wherein the step of decoding the
first portion comprises.usidgrarsiiéCdiased €oders decading thes secend poartigmémagcofdance with the

second decoding algorijhnfor.g seaand (e portion.of 204he gncoded:signal fa obtain a second

decoded signal, wherein the step of decoding the second portion comprises using a transform-based
coder: performing a bahawidfH 8ER%dA a%ﬁﬂﬁﬁ%ﬁya EWE 259h6duId-Ratin %%on"f‘t?(ﬂ%fb‘?e
crossover frequencys usigrtherirStgepoeedisignal and the EWE parameters for the first portion, and
performigg, by the EWE module having the controllable crossover frequency, a bandwidth extension
algorithm using the ﬁ,%lcond decodegl 3OSIgPa| and the %ndmdth exte sign parameter for the second
portion, whereih a fir CrossBYEr faequency 15 used for th %anéawdth e>?ten5|0|§fort ¥firfi®ecoded
signal 36 and a secBRBR¥ISSOVEr fRiguePey IS ised firalE Bandwigth e @i formtie sdeand

decoded signal, whergirothedirstgrassoversfiegisency is;lmigheréhaa&a@se@agﬁossgg%ggquency;
and S controlling the, 8;%%?%%% rf e ue]@% gq:r o‘t}o %}Nlé % 0 8ccjgrr1daanccg |g]a %%eec%i{@% mode

information. 12. Ameth an audio Signa omprlsmg
10 first enco ing algorithm, a second portion encoded

in accordance with a second encoding algorithm, BWE

parameters £for the first portion and the second

portion and coding mode information indicating the

first decoding algorithm or the second decoding
15 algorithm.

8. The apparatus for encoding of claim 6 or claim 7,
wherein the first or the second frequency bandwidth is
defined by a variable crossover freguency and wherein

20 the decision stage 1s configured to output the

variable crogsover freqguency.

9. The apparatus for encoding of one of the claims 6 to

8, wherein the BWE module compriges a switch

25 controlled by the decision stage, wherein the switch
ig configured to switch between the first and second

time encoder so that the audio signal is for different

time portions either encoded by the first or by the

second encoder.

30
10. The apparatus for encoding of one of the claimsg 6 to
9, wherein the decision stage is operative to analyze
the audio signal or a first output of the first
encoder or a second output of the second encoder or a
35 signal obtained by decoding an output signal of the

first encoder or the



encoding in accordance with a first encoding algorithm, the first encoding algorithm having a first
frequency bandwidth, wherein the step of encoding in accordance with a first encoding algorithm
comprises 15using an LPC-based coder; encoding ig gccordance with a second encoding algorithm,
the second encoding algorithm having a second frequency bandwidth being smaller than the 20 first
frequency bandwidth, wherein the step of encoding in accordance with a second encoding algorithm
comprises using a traastond-eagesieader iridicating ¢l first eacodingsalg@ithotfosa first 25 portion
of the audio signal and the second encoding algorithm for a second portion of the audio signal, the
second portion being different from the first partion; and 30calculating BWE parameters for the audio
signal such thit the %V\fﬁeﬁgr%?nefé?@ aftCEHIEH AR d TIF a PRAGHE inéledirfy tid fidt frequdifty
bandwidth in the firseporidacf tkerdudio sigrgiahd forcanbana oginchudingithet37 pesanicdbfrequency

bandwidth in the secandprrion of the-audiamignali th o Whereip thadissigidhe sgeend figguency
bandwidth is 5defined bSy % C\D/ggable crassover fre%?%ﬁl_:\j(_,nwherein the BWE module is configured to

§ para?ﬁ:ecigrrsd%?%esidﬁatf néoddd Wity the

use a first crossoverafreq%epcy fdr ca clu?éjtin{ar%ﬁe
LPC-based coder afd*@>dbNise &586d1d BrossorEtHreRomrpgses sSignbbencadel using sive
transform-based cogesrwhereindha firsherossevesfeequeneyiishigherdhas theserend eiggsover

ﬂequency'1513'AQEEQ%%%%ﬂggofﬂa¥g§95%§%?gfirst deceding algorithm or a
10 second decoding algorithm, the method comprising:

éecoding the first pecrtion in accordance with the
first deccding algorithm for a first time portion of
the encoded signal to obtain a first decoded gignal,

15 wherein the step of decoding the first portion
comprises using an LPC-based coder;

decoding the second portion in accordance with the
second decdding algorithm for a second time portion of
20 the encoded signal to obtain a second decoded signal,
wherein the step of decoding the second portion

comprises using a transform-based coder;

performing a bandwidth extension algorithm by & BWE

25 module having a contrcllable crossover freguency,
using the first decoded signal and the BWE parameters
for the first portion, and performing, by the BWE
module having the controllable crossover frequency, a
bandwidth extension algorithm using the seéond decoded

30 signal and the bandwidth extension parameter £for the
second portion,

wherein a first crossover frequency ig used for the

bandwidth extension for the first decoded signal



a first portion encoded in accordance with a first encoding algorithm, the first encoding algorithm
comprising an LPC-based coder; 20 a second portion encoded in accordance with a second different
encoding algorithm, the second encoding algorithm g(gmprising a transform-based coder; 25bandwidth
extension parameters for the first portion and the second portion; and a coding mode information
indicating a first crossover frequency used for the first portion or a second 30 crossover frequency
used for the secondaputtion, whergindhe dirstczossover frsggrenoyis highertbad the secontherossover

frequency. bandwidth extension for the second decoded signal,
wherein the first crossover frequency is higher than

the second crossover frequency; and

controlling the crossover frequency for the BWE module

in accordance with the coding mode information.

12. A method for encoding an audio signal comprising:
10
encoding in accordance -~ with a first encoding
algorithm, the first encoding algorithm having a first
freguency bandwidth, wherein the step of encoding in
accordance with a first encoding algorithm comprises

i5 using an LPC-based coder;

encoding in accordance with a second encoding
algorithm, the second encoding algorithm having a
second frequency bandwidth being smaller than the
20 first frequency bandwidth, wherein the step of
encoding 1in accordance with a second encoding

algorithm comprises using a trangform-based coder;

indicating the first enceoding algorithm for a first
25 portion of the audio signal and the second encoding
algorithm for a second portion of the audio signal,
the second portion being different from the first

portion; and

30 calculating BWE parameters for the audio signal such
that the BWE parameters are calculated for a band not
including the first frequency bandwidth in the first
portion of the audio signal and for a band not
including the
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second frequency bandwidth in the second portion of

the audio signal,

wherein the first or the second frequency bandwidth is

defined by a variable crossover frequency,

wherein the BWE module is configured to use a first
crossover frequency for calculating the BWE parameters
for a signal encoded using the LPC-based coder and to
use a second crossover frequency for a signal encoded
using the transform-based coder, wherein the first
croggsover fregquency 1is higher than the second

crogssover frequency.
An encoded audioc signal compriging:

a first portion encoded in accordance with a £first
encoding algorithm, the first encoding algorithm
comprising an LPC-based coder;

a second portion encoded in accordance with a second
different encoding algorithm, the second encoding

algorithm comprising a transform-based coder;

bandwidth extension parameters for the first portion

and the second portion; and

a coding mode information indicating a first crossover
frequency used for the first portion or a second
crogsover fzequency. used £for the second portion,
wherein the first crossover frequency is higher than

the second crossover freguency.

Computer program for performing, when running on a

computer, the method of claim 13 or claim 14.



