An apparatus and a nethod for decodi ng an encoded audi o si gnal
SpeC|f|cat|on Ihe gresent invention relates to an apparah and net hod
for deco&Wﬂ& V&2 oded audio signal, an apparatus for ehd F%Bmmgzﬁethod
for encoding and an audio signal. In the art, frequency domai n codi ng
schemes such as MP3 or AAC are known. These frequency-donain encoders are
based on a tine-domai n/frequency-domai n conversion, a subsequent

quanti zat i on An ;apparatusmiandt acreqthadi fari deceding as eoncodeld andisi ng
information froma psychoacoustic nody £nd an encodi ng stage, in which
t he quantized spectral coefficients and corresponding side information are
ent ropy-encoded using code tables. On the other hand there are encoders
that are very well suited to speech processing such as the AVMR- B+ as

described in 3GPP TS 26.290. Such eec ,codln schenmes perform a Linear
Predictirve filtering of a time-do 2T, O8uch a LP filtering is
derived froma Linear Prediction analysis of the input tinme-donmain signal.
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15 controlled using information from a psychoacoustic module,

and an encoding stage, in which the quantized spectral

coefficients and corresponding side information are

entropy-encoded using code tables.

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, is 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 loop algorithm.



al so be conbined to a joint stereo or a nmulti-channel coding tool which is
known under the term "MPEG surround”. On the other hand, speech encoders
such as tWwe 200R¥BF al so have a high frequency enhancemeoti/ERb@gmosnzl a
stereo functionality. Said spectral band replication (SBR) conprises a
techni que that gained popularity as an add-on to popul ar perception audio
coded such as MP3 and the advanced audi o coding (AAC) . SBR conprise a
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paraneter sets (envel opes) per frame. AVR-WB+ |inplenents a tinme domain
bandwi dt h BRVEnsRonidlcohbPAYENEN WPRRARCERPRENeHTEPRe/ FPEquRncStUbRRi n

core coder gugk¥iBaag9eg.audio quality especially for speech signals. A
limting factor to AMR-WB+ audio quality is the audi o bandwi dth conmon to
both core codecs and BWE start frequency that is one quarter of the systeni
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that they $RowBiRgHfualPYy RANG oWPgSe band or core band) of” the

15 spectrum is encoded using an existing coding, whereas as
the upper band (or high band) is coarsely parameterized
using fewer parameters. SBR makes use of a correlation
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 frequency
(BWE start frequency) as well as the temporal resolution
meaning the number of parameter sets (envelopes) per frame.

25 AMR-WB+ implements a time domain bandwidth extension in
combination with a switched time/frequency domain core
coder, giving good audio quality especially for speech
signals. A limiting factor to AMR-WB+ audio quality is the
audio bandwidth common to both core codecs and BWE start

30 frequency 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 frequency domain audio coder fails to deliver decent
quality for some general audio signals. Thus, speech coding

35 schemes show a high quality for speech signals even at low
bit rates, but show a poor quality for music signals at low
bit rates.



rates for nmusic signals. Problematic, however, is the quality of speech
signals at low bit rates. Therefore, different classes of audi o signal
demand diwbensm3ishar acteri stics of bandw dt h ext ensi onPCo@P2000004532 t he
object of the present invention to prdvide an inproved encodi ng/ decodi ng
concept. This object is achieved by an audi o decoder in accordance wth
claim1l , a nethod of audio decoding in accordance with claim 13, an
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usual l'y code® requen range for a given sanpling rate, audio
bandwi dih is a tuning paraneter to transformbased coders (e.g. coders for

nusic) , aghdeeksasl ng alhiefépéﬁ& nema@rsegf %@cté@albln%agmlenc@ﬁawl at
the same tine increase the nunbe bits per. spectral |jne availablefor
encodi ng, AR4AFAGTA &G‘élratcie\}fé%sa @%M ARG 1E9] nade.
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bandw dt hs and use this as BWE start frequency, but this would deteriorate

the perceived audio quality. Also, the codi ng efficiency woul d be reduced,
because i nThiise aRdtonss waehéexegoy clepufso aBerPeekhiidh AaSCEARRRESr

bandwi dt h tham theiBWE Staarrﬁetfrf&ﬂl@ﬂ’lcé’udﬁp@eéd&ﬂﬂ?nﬁy S 6gb pasn8BULEL he
repr esent ed tWI ce,_ by t'he core caoder as pe BX\E whi ch mtrgguges
redundancyc le 13, "an encoder 1in accor ance w1 h claim
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 1is a
parameter influencing the audio quality. While time domain
(speech) codecs usually code the whole frequency range for
a given sampling rate, audio bandwidth is 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 frequency,
but this would deteriorate the perceived audio quality.
Also, the coding efficiency would be reduced, because in

time sections where a core coder is active which has a



better solution is therefore to adapt the BWE start frequency to the audio
bandwi dt h of the core coder used. Therefore according to enbodi nents of the
present iwoentwmss4an audi o codi ng system conbi nes a ban®@rdPrhoodersi on
tool with a signal dependent core codér (for exanple swtched speech-/audio
coder) , wherein the crossover frequency conprise a variable paraneter. A
signal classifier output that controls the switching between different core
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Therefore, one aspect of the present invention is an audio
decoder for an encoded audio signal, the encoded audio
signal comprising a first portion encoded in accordance
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 a 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 portion in
accordance with the first decoding algorithm for a first
time portion 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



t he codi ng node i nformation. According to another aspect of the present

i nvention, an apparatus for encoding an audi o signal conprises a first and
a second wocotaw3s4a deci sion stage and a BWE nodul e. ThecCirrseoemserer i s
configured to encode in accordance wifh a first encoding algorithm the
first encoding algorithmhaving a first frequency bandw dth. The second
encoder is configured to encode in accordance with a second encodi ng

al gori t hm ctbessweend snpodidyg 8bgorihchBWRVLEgu Be SeeoHEdd BIEREYwith
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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 is configured to be controlled by the decision
20 stage to calculate the BWE parameters for a band not
including the first frequency 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 audio <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 classification is 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



resol ution, best matching the signal type as, for exanple, stationary,
tonal nusic versus speech. Enbodi nents of thepresent invention overcone

t hese di swiovarmmgas. Enbodi ments al |l ow especial |y an adaprask2awo8450¥er
frequency conbined with a flexible chéice for the used core coder so that
the coded signal provides a significantly higher perceptual quality
conpared to prior art encoder/decoder. Brief description of the draw ngs

Preferred erodinfents ft ildie Rréasciite | f1vesd i&i‘s@tﬁ%%@i@gueﬁ%ad%éﬁ&%bed
with respect to the attached drawi ngs, in which: Fig. shows a bl ock

di agr am of 2aACHppRFReTE2bY FroBPARLPA RXVTIRARE WEHUENGY sECRRPREE of
the presentiithventiidkidi«g.clRosbowsoa bhecksddagoam afodur appatkéusther
encoding in gfcordance with th@ first aépegt of Hhe gre ent invent'oni Fig.
3 shows a BPGEL dPagPam HT AR ARt odt ng *SEREMS ANt Wor 818BF &I 1RSTFFPE Y4 shows
a bl ocks di agredmtyf campecedi np gohiene art nereodist Adeseder g. 5 shows a bl ock
di agram of an encodi ng schene in accordance with a second aspect; Fig. 6 is
a schematic diagram of a decoding schene in accordance with the second
aspect; Fig. 7 illustrates an encoder-side LPC stage providing short-term

predi ctiongNfQr R AN hee prpdigtd@imgror signal ;Fig. 8 illustrates a
further enbé3rnEnr“Uf—éﬁﬁtPCTUEVTCE—fUT“gé%%rating a wei ghted signal; Figs.
9a- 9b show an encoder conprising an audi o/ speechswitch resulting in

different treigrrded esehbbiionehes aroaudichesi ghpdsemnd Hingenk(dd | uateat es
a rEpresen%%BQg%Jggffyleggggggbggdl%f%ﬁngeSpect 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 block 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. 6 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 prediction information and the

prediction error signal;



Det ai |l ed description of the invention Fig. 1 shows a decoder apparatus 100
for decoding an encoded audi o signal 102. The encoded audi o signal 102
conpri si yoaofoaosi4sporti on 104a encoded i n accordance WPCH/EPR@90D4532
encodi ng algorithm a second portion 104b encoded in accordance with a
second encodi ng algorithm BWE paraneter 106 for the first tinme portion
104a and the second tinme portion 104b and a codi ng node i nformation 108

i ndi catingrpagfigst decodbfgatkgoki ELk ra ek@AIthedac st Nth Al MOrddnndé or
the respective tine gortlons. The a paratH% Eor.dec di ng 100 conprises a
first decoder 110a, 2°5e85HATALLBHeR YEOHNT9BREINGal e 130 and a
controller 140. The first decoder 110a is adapted to decode the first

portion 104a in cqrdanc jth t ' I | QqQri i rst
time porti hI87 ?%egéncodga$%i%ﬁéﬂ§¥%§L%% gﬁﬁggkggngiggﬁ dg%%%é%Pg?%%al
114a. The second decedétchi@bsidtionf iiguddd fea eddc ddmndiea s eeosrll pokemn on
104b in accordance wehh Lhe,58¢8ndidagadi pgqal gori thmfor a second tine
portion of the encoded signal to obtain a second decoded signal 114b. The
BWE nodul e 130 has a controll able crossover frequency fx that adjusts the
behavi or ofjyhe1BVE nndukerid3Bs hecBWesedulta och3Gdrs Hodn@sdedl dedperform
a bandwi dth éxtension, al gorithmto generate conponents of the audio signal
in the upper frequené%gﬁggd based on the first decoded signal 114a and the
BWE par@aneters 106 for the first portion, and to generate conponents of the
audi osi gnal in the upper frequency band based on the second decoded si gnal
114b and t he bandw dth extensi on paraneter 106 for the second portion. The
cont rol | er De4eiiledc defsicgipdd ano cforttheplinventgrasssover frequency fx of the
BWE nodul e 130 in accordance with the codi ng node information 108. The BWE
nodul e 130 may conprise al so a conbi ner conbinin% t he audig si gnal
ConponentsEBE'Ioﬁersgﬂﬂstﬁé|ﬂﬁﬁﬁder apparatus 00 for ecoding 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 104b -encoded
in accordance with a second encoding algorithm, BWE
parameter 106 for the first time portion 104a and the
20 second time portion 104b 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 1l4a. 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 signal to obtain a second decoded
signal 114b. The BWE module 130 has a controllable
crossover frequency 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 114a and the BWE parameters 106 for the

first portion, and to generate components of the audio



frequency band and outputs the resulting audio signal 105. The codi ng node
information 108 indicates, for exanple which tinme portion of the encoded
audi o si gwal20@@3348s encoded by whi ch encodi ng al gori t hmpCThiPgoM9b4s22rat | ON
may at the sane tine identify the dec®der to be used for the different tine
portions. In addition, the coding node information 108 may control a swtch
to swtch between different decoders for different tine portions. Hence,

t he c& OSSO\se*_rgn];?leqﬁJﬁnCMddé éuip‘pea;n adeysenabye t}ich’:l{caﬁab%léldvm &h dife adeshed i E
accordance wth the use er [ or,.exanpl e, conprise a, speec
coder as t & F I8 %&%%%%r?i%ghfﬂﬁg gaea épgwdgé(ﬁégﬁﬁﬁﬁ*ﬁpsBéEﬁHeagébder
110b. As sdi0®b abbve, the crsessover poeglemcy TRef orcomtypddady detoder isas
for exanpl @) i gh h ver_ freguenc ed
for an audis dansiad (6 s oot e EEqr iRt By ChRRROyCEy BEILRACEAE
cont rol Per M@z liss TIhf igueetarsianas easleh t heeccosdogemddeqiefioympkion to
decrease thggcrossover frequency fx within one of the time portion (e.g.

the second tinme portion) so that the crossover frequency may be changed
wi t hout changi ng the decoding algorithm This neans that a change in the

crossover fmROUSNCYmaaY1801% 30e nie) atelptDs@ ahange idorhibenasedofibeader the
crossover frequggg%Hgay be cganﬁed W t gut C anﬁjn t he used_decoder or
vice versa t¥e r 7Y de chaRgeRER/M-Pholt ¢ éﬁg?hg I cFBSsolBPeT
frequebCy. Treddaphdred 1300 mayt@hiso cloarpre sel aisgd dchiohstned a¢obtrol | ed
by the controller 140 and/or by the BWE paranmeter 106 so that the first

decoded signal 114a is processed by the BWE nodule 130 during the first
ti me porti dieangodhadsetonld deebdedatignall0Bl 4 nddqatesessd® thy SKRBPRAFE

modul e 130 ,gurdgttihe sgseepdohi NBr PHHd 0BncdhRed SHALH Byghe actgyvated by
a change in the giossoven freqyeqiy f X ?r bx an ex%f|0|1 bit within the
encoded auﬁQ?Ode 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 control 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 audio decoder as the second
decoder 110b. As said above, the crossover frequency fx for

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

30 within one of the time portion (e.g. the second time
portion) so that the crossover frequency:xnay 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 crossover frequency may be

35 changed without changing the used decoder or vice versa the
decoder may be changed without changing the crossover
frequency.



signal 102 indicating the used encoding algorithmduring the respective
time portion. In further enbodinents the switch is configured to switch
bet ween tWwe 2hiwm®ss4and second time portion fromthe firs®PCigpo@e004502t he
second decoder so that the bandw dth e&xtension algorithmis either applied
to the first decoded signal or to the second decoded signal. Alternatively,
the bandw dth extension algorithmis applied to the first and/or to second

gecgdegtﬁl gm@t 210)0) tnhﬁ:hﬂ}/t\! tmboh&n@} a@q@oafé@;ﬁpirbsé %0 %Fatﬁageﬂro_{cﬁ h?_s
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encode | n agtor gRnceoMe & secend enpodhag Alaad tBmkiadde: fodecend o

frequency bandw dth being smaller than the first frequenC)(‘l bandw dt h. The
first encodlb®y, "eyr BRanpfelvpbed sh¥ech EHEIISudh adhén EPEsseyed

coder, wherfasyidicys efc@rui W@ereiﬁpﬁcm)’bﬂﬂnﬁitﬁ@naﬂhéuéh@o(i@”bls'a‘&)jlo
encoder. The decis 20 i s _confi ed to indic first
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i ndi calLe tttelesm;cbcmmmm’ﬁgnealgmtwrmfor a second portion 204b of the
audi o signal 105, wherein the second tine portion being differentfromthe

first tinme portion. The first portion 204a may correspond to a first tine
portion andn heusdeendepbpdinan2esshrmysebtekspendand i wasbneot swatgdr ti on

which is didderent thOMEiBe .l i4&i LEEBRONLi ?Jbglmmlﬁhg?@l‘r%t

configured to cal culate BWE paraneters 106 f he audi o signal 105 and is
ConflgureddeCOder to the 'second decoder hat 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 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 audio signal 105. The apparatus for encoding
200 comprises a first encoder 210a, a second encoder 210D,
25 a decision stage 220 and a bandwidth extension module (BWE
module) 230. The first encoder 210a is operative to encode
in accordance with a first encoding algorithm having a
first frequency bandwidth. The second encoder 210b 1is
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) encoder. 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



to be controlled by the decision stage 220 to cal cul ate the BWE paraneter
106 for a first band not including the first frequency bandw dth in the
first tirmeoporwdoasds204a of the audio signal 105. The BWECHI®2009/024302 i S
further configured to calculate the BWE paraneter 106 for a second band not
i ncluding the second bandwidth in the second tinme portion 204b of the audio
signal 105. The first (second) band conprises hence frequency conponents of
the audio Si.rgma|ttﬂé35f\i\/ﬂis(th tatlﬁeO@bS:itd_@nt hermérftlr(s&ecp@ﬂtiéneqwe;rmymay
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20 of tﬁ%’ audio sf%nal 583 + 1rst secon% y g

15 comprises hence frequency components of the audio signal
105 which are outside the first (second) frequency
bandwidth and are 1limited 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 1is wused. 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 £fx 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 equivalent (or equal) to the coding mode
information 108. The coding mode information 108 indicates,

for example, the used coding algorithm for the respective



original input signal 105 and generates the control information 108 which
triggers the selection of the different codi ng nodes. The anal ysis of the
i nput si gmal200®3348 | npl enent ati on dependent with the aPeTiERP20M00652t he
optimal core coding node for a given flnput signal frame. The output of the
signal classifier can (optionally) also be used to influence the behavior
of other tools, for exanple, MPEG surround, enhanced SBR, ti nme-war ped

filterbank and Y&l ionsTNen | PREL b @stRBaR %althfél asridded 10910 CenBhhses,
for exanple the original unnodified input signal 105, but also opfionally

addi ti onal |§plenentat|on dependent paraneters. The output of the signal
classifier tool conprises the control signal 108 to control the selection

f th d LP filt d.fr d
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less 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 frequency domain

coding or further coding algorithms).

According to embodiments, the crossover frequency fx is
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) in 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



than 50% of a franme for the first switch is speech and a portion nore than
50% of the franme for the first switch is nusic. Therefore, the decision
st age 220womy10008§a5i se an anal ysis tool that anal yses tRreTaRAd09/08i5gNal
deci de whether the audio signal is nmai2nly a speech signal or mainly a nusic
signal so that based on the result the decision stage can decide which is
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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 algorithms. In the same way, also the
encoder 200 of Fig. 2 may comprise additional encoders
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
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 controlled by the decision stage
220.. Alternatively, the decision stage 220 may also
receive a side information which is included in the mono
signal, the stereo 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-

channel signal.

The decision stage 220 actuates the switch 232 in order to

feed a signal either in a frequency encoding portion 210b

for

stereo

tion
ng



in Fig. 3 . A key elenent of the frequency domai n encoding branch is a
spectral conversion block 410 which is operative to convert a common

pr epr oceswonglEwaiyé out put signal (as discussed | ater oORCTIERC@IAOESPECE r al
dormai n. The spectral conversion bl ocki3may i nclude an MDCT al gorithm a QVF,
an FFT algorithm a Wavelet analysis or a filterbank such as a critically
sanpled filterbank having a certain nunber of filterbank channels, where

the subbang;si,gpabsehn ddy sati |a¢rff‘r@1§1fl9¥r Mayaben' esf yagueds sbgnalrs Dpc-
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i nf or mat i osPgEHERat icomvrIddion fpkockherdY sngharAs, anhiMPGhrIest BRndel of
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branch 2103, 2 Key @l /RNt dihfmh Ly ‘?@Néf%ﬁ%%}&&&@ﬂtwis EP&h
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filter. Thii®@qlpde 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 a 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 is 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 preferred 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



information is transmtted to a decoder. The LPC stage 510out put signal is
an LPC-domai n signal which consists of an excitation signal and/or a

wei ght ed wognel00o3sise LPC devi ce general |y outputs an LPECa@mpraéo/osisgnal

whi ch can be any signal in the LPC doWain or any other signal which has
been generated by applying LPC filter coefficients to an audi o signal.
Furthernore, an LPC device can al so determ ne these coefficients and can

al so quant ,zefgacadgnkhese Q‘Qﬁfﬂ.!’@i—@&ﬁ§lnTQ@gﬁ|§Q| shehi rdrke deci sf oanst age
220 can be signal adaptive so th t t he deg[hﬁ:' (yg gg%%’zperforrrs a
nusi c/spee@ﬁCéIFéEFPm SECIECT éﬁ‘ﬁl E8ntr SIS IHE 32 in such a way that

nmusi ¢ srgnals are input into the upper branch 210b, and speech signals are

i nput into branch 210 di e 220
is feedi ng th\é\ﬁg Melehe ﬁregﬁ%tr o asrr?%ut ch? dpor{‘abﬁ% rea sgn"t”ai?g
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decodi ng opg&ghr 0 Th'bgeéjr?(ibgi%f ol matbryon ARy ying exapel e, rCOAREI se
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t he coding node in of mati on rray al'so conprisé informtion, about
the crosso¢eeffiedeanscy tPxasr axiRariganstl + HUHRIMRAR / 3R qkEnc¥ST X Such

a decoder ignillisdd atgdeépnbhs. 4nesthe soaned cpsripsit ahdt heespecalab
audi o encoder 421 |s after transms 0r1 input into a spectral audio

decoder 43$ua1?ﬁé28u€5&9d&r thgs & 0& decoder 431 is input into a
ti me-dograi n converter 440 (the tinme-domai n converter may in general be a

converter éﬁcog?%%g%ggag 2 cong Egrﬁr receg sl 3é’n t he OEEQHééQf the

LPC domai n r on e decoder e and
processed byapitévents 33ht 53@ CB%ZILSJemd Rowzrald drepmer\w%gmaﬁlmﬁepeech

excitation \(Iﬁ_'s%'}qlmlny%@Lolnpcer?&(cbbﬁtt'r%'lss'Qf@l sk$tEAPY3d Ni® 80chPG syayhesi s
stage 540 ich receives, as a further input, the LPC i nf%rmatr on %\gerat ed
by the cort&aportihiF LPEIRAASy4LE 1nput 1nto the upper branch 2

15 and speech signals are input into the lower branch 210a. In
one embodiment, the decision stage 220 is feeding its
decision information into 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 fx 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 540 are input



stage 510. The output of the time-domain converter 440 and/or the output of
the LPC synthesis stage 540 are inputinto a switch 132 which may be part of
t he BWE mwoub®/@335in Fig. 1 . The switch 132 is controlPCe®PRI0/0e453M t Ch
control signal (such as the coding node information 108 and/or the BWE
paranmeter 106) which was, for exanple, generated by the decision stage 220,
or which was externally provided such as by a creator of the original nono

si gnal ] stered si gmltcglr 1hrwz twhtlRnnel Begpalrt |6 Filge BWE trveluleput3Gi gnal
into the switch 232 _an e decjsio age 220 _can 0 si J
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from nodern frequency-domai n encoders such as the AAC encoder. Furthernore,
the quantization operation jn the quantizi ng/codin t.age
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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
qguantizing/coding stage 421 <can be controlled via a
psychoacoustic module which generates psychoacoustic

25 information such as a psychoacoustic masking threshold over
the frequency, where this information is input into 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 522 in the LPC-domain or a
35 quantization/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 quantizing/coding stage

524. The switch 521 is controlled in an open loop fashion



guanti zati on/ codi ng stage 524 which is processing values in the
LPC-spectral donmain. To this end, a spectral converter 523 is provided at

t he i nputwof2otam3ggsant i zi ng/ codi ng stage 524. The swi t cirC3AP2009/0¢502 1 ol | ed
in an open | oop fashionor a closed | ogp fashion depending on specific
settings as, for exanple, described in the AMR WB+ technical specification.
For the closed | oop control node, the encoder additionally includes an

i nverse quaE'tbZ@ibgedeuoéﬁle@hlmede@n@q r@rﬁlmn,flaﬁ daMelsEs as,
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spectral cbf¥ert8¥3BBASror GRESEIOFG off ™ t ehP$33. g%@%ﬂﬁgncogﬁﬂggﬁﬂc%baln
decoded si gpatsfigathenprocessing branches of the second encodi ng branch
are input into the switch control device 525. In the switch control deV|ce

525, these two output signals are conpared to each other and/or to a target
functi dn oFoa taegeﬂdﬁﬁdnlqulsonarchlapéd witheh emppdes baddit benally
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the branchgprayhdisAgnikhe a|r1Q1W%rn Birtv e épegittralle salwotad even fbenthbe
distortion or the pércep tlgg? glstortlog IS branﬁg i S I wer th 0 t he
di st or t i onCYEPHEr OdptiitEihl o st BPHR oGP ?aeaB h&33 afSif eﬁ%%%? f or

'; he di 50% or tmortwypbectebelsggrtaiartcmqml o€ radte o3ecordit emrwitdl\mj ybraheh
arget function coul se I Apu Qrti 0 S and a
bit rate of*&adh é’l nl% ar‘%(ﬁlleors cfcfr}{)lcct)dnnatlt ﬁez{ll%éi%sor er(r?a?}gefléﬁgééﬂ

best deC|sn@ntt@daﬁeﬂkﬂﬁfBZSQO&heseftWQNO@&Bm%Iéigﬂhésg@ﬂel%o@B%ﬁeﬂhat

the bit ratt% sgggiﬁd CEtenéals Lo /3% ppgsipl %art;la%n thect aegetod uact t@agueul d
heavily rel t .rate of the two signals output of the elements

531, 534. ron vihence heu kak fdgyait ahs "ﬁy % ePBAEIDOSt HuPTRFE 8P a
15 of the distortion in both signals so that the signal having

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 (an 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 quantization/coding distortions or a better signal

to noise ratio.
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My conpri SeshPULhouRd | Hidtnhss £ eachhack dP1yMhEEh igeneset 51188 afla
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15 Then, subsequent to block 540, both branches have time-
domain information 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. 5 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 block 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.



which is a signal having two or nore channels. Cenerally, the signal at the
out put of block 101 can also be a signal having nore channels, but due to

t he downmwizng/dossast i onal ity of bl ock 101, the nunber ofPCTlEznoeiosssar t he
out put of block 101 will be smaller t®Ban the nunber of channels input into
bl ock 101. The conmon preprocessing schene nmay conprise in addition to the
bl ock 101 a bandw dth extension stage 230. In the Fig. 5 enbodinent, the
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upper encogtfng:}peg a@QBn%lOblﬁﬁﬁﬁorl%t%’CBﬂgék' 30,9 bédnhwidthel egtedsivhil e,
in the speech node, | ower encodi ng branch 210a i s sel ect ed. Pref erably,

t he deC|S|BﬁréﬂééérédeQQnmﬂqﬁhcoﬁ?roF?eFﬁéaﬂmlﬂn%ﬁ%ﬂﬁﬁ)tﬁ%ﬁﬁmﬁﬁﬁrﬁnd/or
t he bangiwi dhbe@éberﬁll@bﬁrﬁfkp@i@mte@eaéaptndlhéb f 8b6bopalrame tafr ¢ hese.

bl ocks to the specific si | h i siQn_st e m nes
that a cer £& 19 5??i%$%ﬁAqrﬁf?ﬁbu? Skgﬁgﬁﬁ%dfrgspoﬁ?%%égﬁﬁéi%ﬁ?st
node such derwhededsito mpiet sttheyams peditfil et FES. of bl ock 101 and/ or

bl ock 230 can be controlled by the decision stage 220. Alternatively, mhen
t he decision stage 220 determ nes that the signal corresponds to a speech
node or, g&Fef&ePlyi-n Bhgec@pdlsbendoteddr ) ERER15Sci Fhe f3uflRés of

15 input into block 101 or input into block 230 in order to
decide between, for example, a music mode or a speech mode.
In the music mode, the upper encoding branch 210b (second
encoder in Fig. 2) is selected, while, in the speech mode,
the lower encoding branch 210a is selected. Preferably, the
20 decision stage additionally controls the joint stereo block
101 and/or the bandwidth extension block 230 to adapt the
functionality of these blocks to the specific signal. Thus,
when the decision stage 220 determines that a certain time
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 controlled by the decision stage
220. Alternatively, when the decision stage 220 determines
that the signal corresponds to a speech mode or, generally,
in a 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
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enl ar ged od@r@i a@ndé@al @p@@mﬂq zbnformabhdn asughi thves (,C%%ﬁié?mf OF—néﬁéOdl ng
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15 the transform domain. A Fourier transformed weighted signal
is quantized using a split multi-rate lattice quantization
(algebraic VQ) with noise factor quantization. A transform
is calculated in 1024, 512, or 256 sample windows. The
excitation signal is recovered by inverse filtering the

20 quantized weighted signal through an inverse Weighting
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 quantization stage, but preferably is a
combined scalar quantizer/entropy coder similar to the
quantizer/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,
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bl ock 526 or a TCX bl ock 527. ACELP is described in 3GPP TS 26.190 and TCX
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brocessi ng dey),cesy, Wiey & pnerdewl g9 Jcs 199 SRNLRAL S Al { 0rEhdEofnand

e ig

t he ot her vice s i rrp enent Hence, the LPC domain at the

out put of 5L} CaResk ERLESRRYE G t{r}efoaé}e L.Iéé_e;&&_t_)a-t-l(pn- aignalt®or coheekPC
wei ghted signal or any other "LPC domai n(kigA#d/ Yin the second encodi ng

branch (Acﬁﬁﬁ&T%@e Jefaﬁ%eésdoﬁg¥h 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 1-upz"
before 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 1is preemphasized before LPC
analysis and quantization. Similarly, deemphasis can be
35 part of the LPC synthesis block LPC™! 540.
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15 control signal 108 controls the used crossover frequency
fx.

The full band signal generated by block 701 is input into
the Jjoint 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 into the

output bitstream. The decision stage will then operate so



bot h branches so that only one branch receives a signal to process and the
ot her branch does not receive a signal to process. In an alternative
enbodi mrerwQ 2bovesas, the switch 232 nay al so be arrange@#Csmrs@guesse2to for
exanpl e the audi o encoder 421 and the2excitation encoder 522, 523, 524,

whi ch nmeans that both branches 210a, 210b process the same signal in
parallel. In order to not double the bitrate, however, only the signa

out put of pREtOftR&10%a gRGOdvAg theancheso 2idse obi2birdam saliadtédetso be

witten into the outpuyt bitstream The decision st k then e e
sot hat theC8F§AAR ﬁﬂ%ﬁ(§$39ﬁ%99hewBFF§t é&m?ﬁ?ﬁrﬁggggggéefggiﬁggoéﬁé
function, ybkgeeatbe bastatenoti dhecgenss ateel genareptotk bidisltervionher
gener at ed perceptual, di roti r. i t e/l di " CO
CESEBYHEL Sk 0.0 SO A S 0 OHL OF £ 0B e

function. ert in thi's nod node ustrated in the
Fi guress the #bdissimodesbagéncaheamosicopdrlatstnated cibstd® | obprRede FR®or der

to make Suﬁ%c&%&bn fdRd YeaRNhY sbhégdeoed ngnbraaneio &6d pubops mgdd ten into
the bitstream which has for a given perceptual distortion t

e | onest
bitrate or Orfler &Mkt bidFatehahasitRdltsnesl er t?ﬁﬁoéh%?opf?Bﬁb I'n
tﬂe cl OSEdoh@%ﬁ/tm%f,wﬂigiﬁ:érﬁmktlh@pbhtﬁﬂyebﬁ eheriiche hafsr adfoous pgisenf the
three quanti zer/ seal er ocks, 421, . 522 and 424.in_FEi g. . sqQ i Q.
enbodinentPSFCPP§Paé,dﬁﬁﬁPEﬁ&?%htT§2aﬁﬁﬁ?% gﬁFéPﬁgtfvg'eﬁé%d%heﬁ%ggﬁe
arranged abtieratke BWEsnodhke I0%est tharcetheubanddidthréseansi én i §he
performed i) @l 1 Slp 86ROt R 2PER88a8RT it S A ¢ N pselRal & N obm! he

ext ended n i

two bandw srgnal s. e 1 npl ementati on having two_ sw tches,
i.e., the futputsnethtRe2 thnget MTECARE 492 k4t 5210CKe A< lpr et%f r 88%% hat

the time resqgl utjgnforsthe first switch is lower than the tinme resolution
for the second swtch. Stated differently, the blocks of the input signal
into the first switch which can be switched via a swtch operation are

| argerishamitdte 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
LPC-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 1is required by the
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84. Wile _ ates a preferred way to calculatethe excitation
si gnal SFig4.8 illustrates a preferred way to cal cul ate the wei ghted
signal. In contrast to Fig 7, the filter 85 is different, when g is
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10, Cctober pages 1582 specific cases, when a fra is a
m xture of bhAgsi 8Jd HEndPLRTeRE, sPBECKH drS et STRRER BvBFTRES & a

TCX codi ngtgan be, n’@éﬁe@ﬁ@'l%“t&ﬁ@ teQem@eLest hﬁnemit;taﬂ oBntn & heahPGe |
domain. The TCXGod00 R8s dd 858 1ed NS 36pp 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 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 over 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 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+-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 is



excitation in the frequency domain w thout doing any assunption of
excitation production. The TCX is then nore generic than CELP coding and is
not restrwotzet)/awss4a voi ced or a non-voi ced source nodel Poff/EPh@9IB4SRE at i on.
TCX is still a source-filter nodel coding using a |inear predictive filter
for nodelling the formants of the speech-like signals. In the AVR-VB+-1i ke
coding, a selection between different TCX nodes and ACELP takes pl ace as
rnomhfr?nutﬁfﬁégiﬁwimmoﬂewﬁﬁmm fbdeSCambdehearlze st f fredent can thmat t he
ength of t ack-wi se. Fa Four.ier, Ir j sdif far. dif,ferent
nodes and Fﬁge&%&%‘ mode acnan%%]éEll St BY b I?'fr)\twagn%a ysﬁpfgq{ao?gshyn? estﬁg <
approach odilrgc difeedtf orfweetfomesded” node. As di scussed in connection with
Fig. 5 and 6 , the common pre-processing stage 100 preferably includes a
joint multi-channel (surround/joint stereo device) 101 and, additionally, a
bandwi ddh ést ehisi B Sthgen 230NNEsAOSp INki hgF§9- t Re et oller tSﬁcl‘iﬂi‘g‘éo%
bandwi dt h exiensierssliage dlagnd Bosubpegaenhbyyconnedie@s oiant joint

mul ti channel stage 702.. Preferabl the joint nultichannel stage 101.is,
with respe@ulitdHenddode S,u%%q{i%{%%l%tf or £°tfg béﬁal\?\ne&thlex ena}srl}%’n

st age 230, aaydtiemaing decoder Shatedwtdieh bane xwiettsh cext enstagest age3d01 i s

connected hefaore the,.joint mnultichanpe e .7 A
signal pro é’férier‘?é’oéﬁdrlerl&]iydn. ,&ﬁeernar&{élévoe(%}?gholm%%led@é%qh;eazg%anﬁ&im

pr e- prbGessixtgrstiage sangenclOlle and oiant sphbeNERARAY sergechithal®inthe
subsequent |y, ,GONEGHAA b?é‘:}&’%% dy b exbeRELPALILATR NRN @ AN G Xit friexdeasi on

stage w thout a connected Int nultichannel "stage. 'Figs. 9a to 9b show a
si npl i fied sfiagk onOthe 1éncoléfhof FEPESCE | tahelteSt RN & ter %‘?}}Hﬁ?%“é@ t he
SWi t ch- decipsd @y dint he2 Xh @ d wtilie hst €xeen soeh NG tajet  28Q, landiddiohi ohet he

decoder side, the band width extension stage 701 is
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
connected bandwidth extension stage or a bandwidth
20 extension stage without a connected joint 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 comprisesvthe bandwidth extension tools 230
as, for example, an envelope data calculator and SBR-
related 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.
Each of these coders may encode the audio signal 1in 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



encoder al so conprises the bandw dth extension tools 230 as, for exanple,
an envel ope data cal cul ator and SBRrel ated nodul es. The sw tch-deci sion
uni t 220 woaviod®ss4a switch decision signal 108" that swrCTEP30M@OSREN t he
audi o coder 210b and the speech coder25210a. The speech coder 210a may
further be divided into a voiced and unvoi ced coder. Each of these coders
may encode the audio signal in the core frequency band using different

nunbers of 19eNPAkd vabuesirhe. ¢h/dPR4ah0bpd ibinghert Fasdldiit o8e0ecBBE fa9id a

| ower resolutio .. The switch d§C|S|on s%%nal 08’ iiaajso suPpii%d.to t he
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swi tch deciigipprt 108toi hher derit dherdesxdanipire, uh Dt adp Ostantdhel siumbpnt ofi nithe
spectral envelo to t o] n ti r P e and
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swi t ch- Becimiatnami tti220 aawple i Npdueisnt ohileh stareo toRhg 10¥0so thigat

the stereo ﬁ&ﬁﬂ%tﬁpieméneﬁ%ucenme BRIP! BeyRhUEHgMbEN Ble aRYls iigM O
t he bandwi dt h extension uni.t 230. Dependi ng on the_gé0|3|on 108. generated

by the sw t¥'ungengagetefopyunthe 2501 the WHAdwHBE RS 8RB eNSiidn 2681 236 wi l |

generate spagidwd afandxeepkieat i sbdabadowhiin ageneirateUrsped o aar dechd
either to an audi o coder 210b or, a sgeech coder ﬁlOa. ggs smﬁhch eci_si on
signal 108'f§ %ﬁ%ﬁkﬂncéﬁﬁﬁl chrdreantBetBbPai ABGVAFGfft fether to an
swi t chidecisidib wvde 2201 @y @anah ygpagchheodeadi 18agnal, e.g., by using a
transi ent detector or other detectors which may or may not conprise a
vari able threshold. Alternatively, the switch decision signal 108 may be
adj ust ed nethel $Wifeh (dedisomseignat beBobiai AéanplofrRendeatsandaman

(included ipethscadi@ skoRakhe stha QUdUH i Hfor henAMdp 90 CpYeandlQl iangd t he
speech coder 210a nmay again be input into the bltstrean1forgatter 800 (see
Fig. 5) . F¢. 29818hSiIT8 exanpt e P YHEPEwAt dF e ondSFghaPr ©F

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. 9b 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 108’.
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 the SBR module is combined with only a single core

35 coder and a variable crossover frequency fx.

Although some of the Figs. 1 through 9 are illustrated as

block diagrams of an apparatus, these figures



108" which detects an audio signal for a tinme period before a first tine ta
and after a second tine tb. Between the first tine ta and the second tine
tb, the swotetvwawssi on unit 220 detects a speech si gnalPCra&padowiong22 n
different discrete values for the swi2ch decision signal 108 . The deci sion
to use a higher crossover frequency fx is controlled by the sw tching
decision unit 220. This neans that the described nethod is al so usable

Within a sygtemiiameWiisaly tdee SBR nodwse dat iGThbned wiekthodn)! Wwige 5é nghe core
coder and a variable crossaover frequency fx. Although sone of the Figs. 1
through 9 ®LeK yaGtdcedldd Imsodetdieshont W e dhparad ust Phese
figuressimul taneously are an illustration of a nethod, where the bl ock
functionalities corg ond to the nethod steps. Fi i t

repr esent atii@n 0 éﬁfﬁﬁgﬁatasa&diroe%lfeg%%rfti‘gjzo%okrfr%ﬁ ;a%ngéé%g&%?r gtﬁdggrti on
104a, the sedeomed pbd2i comb@4lsing tthe d fpasti qroniOien adf4a,f dure hsgeenidon
104d. I'n this. repf ef&@fvat iaontlrxffde%%qqﬁ%\,{ﬁug- 2SI ANl 210U &1 Bblkehbgam
transmttedOver a transnicssion ch nne i ch conprises furthernore_the
codi ng nodd 04 .or bt Ebas 18P rEseR tadriqront he4eprofRe eidedS 2R d <i%nal

102 may reH{]sesf%”tbﬁtg'tf:fasﬁmenéréﬁémi@@é&i Wveal thowghndhfilerien paaninens 104
may be in the frequency as well as tinme donain so that the encoded,audi o

signal 102 WEEhoEoreEieesnt LRrtNaETPrRe. the (FRL b B8R Fent "EREMER ¢ ed
agdi 0 ?bgnaﬂOSﬁ.OZE&@ﬁfpd bbg€§ohnll@ddidﬂh0ﬂ?@ éhﬁ&tﬂfedodiuagdmﬂﬁg' naf ot ARt imary 103a
identifying the used codin orithmfor the.first ( 1 ; con
codi ng node SREGITRL i 6h f@%ﬁ%é%ﬁﬁiFﬁWﬁb Pﬁé%&ggﬂ cgggh%hgﬁgqgﬁ?ﬁﬁ?Fﬁﬁ t he
second ppH@thﬂdﬁ&leﬂtmﬁycbexihrmhanﬁeeguéocmaesowel®8§siﬁéﬁ?iﬁ?ﬁﬁ@fthe
used codi ng, al Lt %lef ogné%gen% _O?ﬁﬁhop%ritdn%ﬂ 1044l m‘gls}e ddd stegpdsagtmede

y [

i nf ormati on 108a may al so | y the used first crossover frequency fxl
within the fimstlheetion 104a, and

15
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 identifying the
20 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 fxl within the first portion 104a, and
25 the second coding mode information 108b may also identify
the used second crossover frequency £fx2 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 fx1l 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 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



the second coding node information 108b nmay al so identify the used second
crossover frequency fx2 within the second portion 104b. For exanple, within
t he firstwpantoooss4i04a t he "speech” codi ng node may be ®s&dPasid/onisehi n t he
second portion 104b the "nusic" codi Ry node may be used so that the first
crossover frequency fxl may be higher than the second crossover frequency
fx2 . In this exenplary enbodi nent the encoded audi o signal 102 conpri ses

no coding ppde;ibRkor ABui opnfienh thset hhr dapeetirent 1046rwhi ebakndi salest hat

there is no change in the used encoder and/or crossover. frequency fx

bet ween thérPFF§Ve§n§FQﬂW%P%XN??BﬂaiﬁﬂaFQ:?thBFSFSPéPgté;ERﬁﬁhm hBde
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ort i on. 1 FEPAFONEE HOSHIRTTS | RSEedd ool BREFT hgbPRs Jvarucs 5t RS

crossover topeguemcides fioifcirivetdichf erldl® poay i orenpodset he codtiedhddebit

i nformati og cqu{i i e bit .indicatd C irst
or second gﬂégggr éfba, ‘§§ﬁ§é§5§%# éE%Efgsggé?%ﬁggg%p§?€$?§64gg$%é$2fore,
t he si gnal bsgdofforhd heninesPasdiard droeiqieerl4he different SBR-tools can be
done by submitting, for exanple, as specific bit within the bitstream so
that this specific bit nmay turn on or_off a specific behavior

in th
decoder. AThergdorgel e §igpaldig ik s ?%P(ﬁﬁﬁﬁglgﬁcB?BVﬁantghe
enbodi p@nt g itfFe reir@NaBRIE f1 4 hears id cdormayb @l sebhet tng ) afed byampakyzi ng

the core codec. In this .case the suybm.ssion of th aL i ae . SBR
tools is déﬁespﬁﬁﬁéﬁq;géitWﬁﬁhﬁﬁxﬁh?i?lE%FEER%?ng%Zgag§ %hggcggsgggégding
core coder badt imayt yrulbren det abf§ abewpe ctifd csthettan i ek r Hhei 8Acofethe

bi t stream %&%g%@%f%%ﬁﬁf@%&%@ﬁ%@@ égﬂ@dcb8e£§%b5@réﬁﬂ8ﬁté,

sub-cl ause tion of this stan ard_bltstrean109ngrlges an
ext ensi on &Mbosdmedes ttdre signaling of the switch may als e

15 initiated by analyzing the core codec. 1In this case the
submission 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
ISO/IEC 14496-3, sub-clause 4.5.2.8. A modification of this
standard bitstream comprises an extension of 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 Dbe
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 frequency fx (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



the master frequency table (to identify the used crossover frequency)
used index is coded, for exanple, with four bits allow ng the crossover
band to b&oOwvarwmbise over a range of 0 to 15 bands. Enbodcwmreadndisehe
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frequency can be realized explicitly by sendlng 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, e. g., signaled within the
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.

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
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 corresponding

apparatus.

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 transmission medium such as the Internet.

AehoIREC BRI spRRERSFCEAEFAES tlcs

ower BWE frequency



hi gher for a time domain (speech) coder. In this case, the crossover
frequency may be in the range between 0 H z up to the Nyquist frequency.

Al t hough wore1d®pSt S have been described in the cont ex®PCofEPaIIANSAT at us,
it is clear that these aspects al so r®present a description of the
correspondi ng net hod, where a bl ock or device corresponds to a nethod step
or a feature of a nethod step. Anal ogously, aspects described in the
context of a method step also represent a description of a correspondi ng
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capabl @0of mmEsTtdtviengnetittdd al prry towmed e conputer system such that one

of the methods described herein is performed. Cenerally, enbodinents of the
present invention can be inplenented as a conputer program product mnth a

progr am codome FERRBERUH: T RREDAHY oper BRE vENYRRt R f 5PHPRYSEnE GF tfhe
met hods wheiy 4 hies 1€ OIRaUtigIg preQ@chmo@hQﬁuQIy r uesdabla cepptted. Fhenplegram
code may for eﬁ?m%éétmé§§a d Y f 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 be stored on a

machine readable carrier.

25 Other embodiments comprise the computer program for
performing one of the methods described herein, stored on a

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 is,
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.



machi ne readabl e carrier. Qher enbodi nents conprise the conputer program
for perform ng one of the nethods described herein, stored on a machine

readabl e warniog3s4sn ot her words, an enbodi ment of the PoTaEPRIVMO4sR2L hod i S,
therefore, a conputer - program havim a program code for perform ng one of
t he net hods descri bed herein, when the conputer programruns on a conputer.
A further enbodi nent of the inventive nmethods is, therefore, a data carrier
(or a digital storage nmedium or a conputer-readabl e nediun) conprising,
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install ed thefrepnet he conputer program for perform ng one of the nethods
descri bed herein. In sone enbodi nents, a progranmabl e |ogic device (for

exanple a field programmabl e gate array) may be used to perform sonme or all
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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 1logic 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
25 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.



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

vari at i orwoahiodess4ar r angenent s and the detail s descri beadCh@pedon/oniskt be
apparent to others skilled in the art31 It is the intent, therefore, to be
limted only by the scope of the inpending patent clains and not by the
specific details presented by way of description and expl anation of the
enbodi ments herein.Cains 1 . An appatcatyssfor decoding (100) an encoded
audi o signal (102), the encoded audi o signal (102) conprising a first
portion (104a) encoded in accordance with a first encoding algorithm a
second portion AhO4hppenaeded foracdecddhng wilboa senondneondedi ngudio

al gorithm BWE paraneter 6) faor the first,.portiqgn (1Q4a nd econd
portion (104b) gﬁanggcod?%é}gbde %%ﬁorﬁ%%?%%uilogfdﬁﬁhicgﬁﬁﬁs%a f??§g§
decodi g al gori thmpoisangecoad decosii ng radgardnt hm(1dder i sengodgdfiran
decoder (110a) Lng,t i1 org.d {104 KA s or dan Lih the
first decoding é?éS??%ﬁ%?fnggpf%rfﬁEF?m§¢§§Q¥%£ g?g?ﬁéﬂgﬁéog§d§§?3ﬁ§|
(102) to obtai nPartipgt gtedebd sdiganad (iMMa3ccardarend Welddder £¢20BY for

decodi ng the seearddpabt LAY LM, BNRGEY At M tiogherseceond deeedi ng
al gorithmfor a second tlﬁ@ gort%%CEo t he encopded sL%naI £é82¥ to(gbtaln a
second decoded BPER&PT(194%42) AMSWECRGdFSFUBOPOREPRg A1 C8RE r A1%bPe
crossomer frequeneayngf Xjpodet hd MBWrnandidre ((1303) beimdi caningured forst
perform ng a bandw dt.h extensiop. al gorithm_usi t finrst d ( L gnal
(114a) and the aﬁﬁog Pgne?g r%?B@) ?Bréihgeff?g% g%??géﬁg(lgggg?ggﬁé’for
perforn ng a bardwpdtilsiagt:ensi on al gorithm using the second decoded signa
(114b) and the bandw dt h extension

a first decoder (110a) for decoding the first portion

15 (104a) in accordance with the first decoding algorithm
for a first time portion of the encoded signal (102)
to obtain a first decoded signal (1l4a):;

a second decoder (110b) for decoding the second
20 portion (104b) in accordance with the second decoding
algorithm for a second time portion of the encoded

signal (102) to obtain a second decoded signal (114b);

a BWE module (130) having a controllable crossover
25 frequency (fx), the BWE module (130) being configured
for performing a bandwidth extension algorithm using
the first decoded signal (l1l14a) and the BWE parameters
(106) for the first portion (104a), and for performing
a bandwidth extension algorithm wusing the second
30 decoded signal (114b) and the bandwidth extension
parameter (106) for the second portion (104b); and

a controller (140) for «controlling the <crossover
frequency (fx) for the BWE module (130) in accordance

35 with the coding mode information (108).



parameter (106) for the second portion (104b) ; and a controller (140) for
controlling the crossover frequency (fx) for the BWE nodule (130) in

accor danceowntonosisé codi ng node i nformation (108) .2 . TPhae/Exp@anesses for
decoding (100) of claim1 , further c®nprising an input interface (900) for
inputting the encoded audio signal (102) as a bitstream 3 . The apparatus
for decoding (100) of claim1 or of claim2 , wherein the BWE nodul e (130)

conprises a sw t%(;ﬁgér%ugh f'OS.C C@@éb&&'ﬁ&‘d t1@o wigchc beineen thg dHd st
and second tine portion fromthe first decod er g;?lOa to the second decoder

(110b) so that tSROREHHRAt ARerNBHS dPEYRGE hhI9Q) ef PR NREBIELET 114 he

first decoded sigi@daddléadi®rsignbhe (seepndsdacodedtsiegmal (114b) . 4 .
The apparatus for decoding (100) of cI aim3 , wherein the controller (140)

is configured to control the switch (132) dependent on the indicated
decodi n§ alyori tTme wWaplpiar atthes c6dirngdemokdinaf drifeX)i oaf ( kﬁﬂaaim 3 .offhef

apparatus for deoadino £100keotianecpl thifs Preceding shal Meonfierelg the

BWE nodul e (130)"Ts confi gure 0 use a crosso
t he bandwi dt h exswhistlon(}392) tteichrdés G@@éd@@l@ﬁgﬁ@l S(WllI«SFéil) beidvaan udee a

second cr ossoverf{f ughay s@d&@d f@Imé h?o%@@\“{' Citﬂ?)rr?xtt_ﬁé‘st%sftorc}é&ﬁie%?co”d

decoded signal (114 wherein the first crossover f uency (fxl)
hi gher than the 6BE@mH cFosstver FeeR@neIsey . (1lob hé%p&d’faﬁ ustHr
decodi ng (100) obadei@fhtlgteneced BQ[g@h:altﬁm mh@rl%@rt Repaard cﬂd efhd 140)

is configured to_jncrease the cr.ossaver uency, W|th|nth
time portion or ?orﬁtécaS%’gefjheSlcq’Wgs 5’ e(‘.flfen %3%‘?() S&CPRAN 457 Cgeé%ond
time portion. signal (114b).

4. The apparatus for decoding (100) of claim 3, wherein

15 the controller (140) 1is configured to control the

switch (132) dependent on the indicated decoding
algorithm within the coding mode information (108).

5. The apparatus for decoding (100) of one of the

20 preceding claims, wherein the BWE module (130) is

configured to use a first crossover frequency (fx1)

for the bandwidth extension for the first decoded

signal (114a) and to use a second crossover frequency

(fx2) for the Dbandwidth extension for the second

25 decoded signal (114b), wherein the first crossover

frequency (fx1l) is higher than the second crossover
frequency (£fx2).

6. The apparatus for decoding (100) of one of the
30 preceding claims, wherein the controller (140) is
configured to increase the crossover frequency (fx)

within the first time portion or to decrease the

crossover frequency {£x) within the second time
portion.
35
7. The apparatus for decoding (100) of one of the

preceding claims, wherein the first decoder (110a)



7 . The apparatus for decoding (100) of one of the preceding clains,
wherein the first decoder (110a)conprise an LPC-based coder at wherein the
second dewocdero/q0isu8b) conprises a transform based coder PCS/EP20wa/043par at us
for encoding (200) an audi o signal (18B5) conprising: a first encoder (210a)
which is configured to encode in accordance with a first encodi ng
algorithm the first encoding algorithmhaving a first frequency bandw dth;
a second encoder c6RAOhkeWnigh Tisc- o dPUrRd 0 QrcOogBerBiACCORdansec¥hgh a
second encoding algorith hge second encodin Mﬁayl hm havi ng a second
frequency bandw €€ oﬂﬁanH% V1 EPMPRAFSCHE fhiT gﬁ%@ﬁ%Vi idth; a
deci sion stage (220) for indicating the first encoding algorithmfor a

first portign (204a) _of the audio signal (1 nd_far j.ndi cating

second encogrng Pg%PP?ﬁ%FPSr%%Huﬁﬂék ?ﬁét?géo?Zﬁﬂbf%Jl%tﬁg%ﬂFioEgﬁghm
(105) , % he secondmpoiting:(204b) being different fromthe first portion
(204a) ; and a bandw dth extension nodule (230) for cal culati ng BVWE
paraneters (106) for the audio signal (105) , wherein the BWE nodul e (230)

i s configured toabdidsrt rlsedehy (£ZhBaderindidh k¢ agenf2goyeto tealerfade t he
BWE paraneters (1Q6)ad@rdamadd ieh i gcl ik g tehddimst B&ggy@eﬁm,ba@ﬁ@ndth
inthe first portion (204a) .of the_audio S|gnal_é105) apd for a band not

i ncl udi ng the sefohatfreQEeALYInaAeP Bt hPn FABLIREcoRd £t onf 10X CBf
the audi® signal beh@&Edth9 . The apparatus for encoding (200) of claim8 ,
further conprising an output interface (800) for outputting the encoded
audi o signal (102) , the encoded audio signal (102) conprising a first
portion (104a) eaceededind accwddance?With whichst sewoodilnyg raldgdra témeode

in accordance with a second encoding algorithm, the

second encoding algorithm having a second frequency

15 bandwidth being smaller than the first frequency
bandwidth;
a decision stage (220) for indicating the first

encoding algorithm for a first portion (204a) of the

20 audio signal (105). and for indicating the second
encoding algorithm for a second portion (204b) of the
audio signal (105), the second portion (204b) being
different from the first portion (204a); and

25 a bandwidth extension module (230) for calculating BWE
parameters (106) for the audio signal (105), wherein
the BWE module (230) is configured to be controlled by
the decision stage (220) to calculate the BWE
parameters (106) for a band not including the first

30 frequency bandwidth in the first portion (204a) of the
audio signal (105) and for a band not including the
second frequency bandwidth in the second portion
(204b) of the audio signal {(105).

35 9. The apparatus for encoding (200) of claim 8, further
comprising an output interface (800) for outputting
the encoded audio signal (102), the encoded audio

signal (102) comprising a first portion (104a) encoded



second portion (104b) encoded in accordance with a second encodi ng

al gorithm BWE paraneters (106) for the first portion (104a) and the second
portion (WO4bjo/m@msiiscodi ng node i nformation (108) i ndi caPCmgEPRéve/obisest

decodi ng al gorithmor the second decoding algorithm 10. The apparatus for
encoding (200) of claim8 or claim9 , wherein the first or the second
bandwi dth is defined by a variable crossover frequency (fx) and wherein the

deci si on stage (ﬂ?o)aééomtﬁégurveid:ﬁo DUt s h%d@fciﬁh% ol
frequency (fx) (,200) one of the cl al s

. (% appar at r encodin
8 to 10, mherelrF??RP ?3@6? Jcomprede éjéwPFEﬁr€2§§F cBhtRold ed
by the decision sé¢aged ( &Z&hdl\ugarel@othehﬁw tBHE ( 32)hamet eaanf i gused fir

tch bet t f d 210 210 th
audi o si gnar (1095¢1 ELESF BPFFEPEnt 1PHAD BOR: (Brs SECONG THIUAY B iRe
first ob by the fsreczl;w@ldemordede(m@armaﬂ;mbp (1028) Theimgpdmat uhef cﬁrlrst
encodi ng (200) 0&695‘(?119(?' %i‘gofi hiSo 8 Eﬂe1éec}9’ﬂ§1§l§¥}o¥d%gd§fi'g%ﬁ'%h%¥ age

(220) is operative to a e audi o si gna t “out put of
the first encoder (210a) or a second output of the second encoder (210b) or

a sntgnal obicgu neﬂn%’Ya? g%gug %@L@Mdfm?naboos tol“fte éfléff«f(l gneeder: {i3d 0a)
or e second encoder ec 0 ar ge nGtio

met hod for decoding “4M %‘F\b‘bde ?slud‘{lor % grfdd (aEE?Z) Secqféch g’c?d@ﬁ“ﬂﬁ?o 153 gnal
(102) aqanpri si ngdafimést kgpr bi ovaf &by encoademydn deequeanse WEkh aarddrst
encodi ng al gorit ec rt.ian (104h) en i n_accordance with a
second encodi ng % gd?l Ll vfgﬁﬁfﬁhe Fga@f06§92§3 thé f??%fk %ﬁ?%‘n$o

(104a) and the s@@bmtpbhe|'oar(»4bhb) candsaveodifngawedeyi fffennat i on( 108)
indicating a first decoding algorithmor a

11. The apparatus for encoding (200) of one of the claims

15 8 to 10, wherein the BWE module (230) comprises a

switch (232) controlled by the decision stage (220),

wherein the switch (232) is configured to switch

between the first and second time encoder (210a, 210b)

so that the audio signal (105} is for different time

20 portions either encoded by the first or by the second
encoder (210a, 210b).

12. The apparatus for encoding (200) of one of the claims

8 to 11, wherein the decision stage (220) 1is operative

25 to analyze the audio signal (105) or a first output of
the first encoder (210a) or a second output of the

second encoder (210b) or a signal obtained by decoding

an output signal of the first encoder (210a) or the

second encoder (210b) with respect to a target

30 function.

13. A method for decoding an encoded audio signal (102),
the encoded audio signal (102) comprising a first
portion (104a) encoded in accordance with a first

35 encoding algorithm, a second portion (104b) encoded in
accordance with a second encoding algorithm, BWE
parameters (106) for the first portion (104a) and the
second portion (104b) and a coding mode information



second decodi ng algorithm the method conprising: decoding the first
portion (104a) in accordance with the first decoding algorithmfor a first
ti me portworrowioosise encoded signal (102) to obtain a fi Pst/Eeke@odes2si gnal
(114a) ; decoding the second portion 3104b) in accordance with the second
decoding algorithmfor a second tine portion of the encoded signal (102) to
obtain a second decoded signal (114b) ; a BWE nodul e (130) having a

control | abl e crosgmver ifmdE@m#icyy (fx) fitdye Blecwmidwe @LIDrigimgor a
configured for perform

a, bandw dt h, extensi on al gorithm using the first
decoded si gnal CEfAY) aeg:(f%angB %Oa‘f'laﬁm’eréh? 1%%ﬁ?%rc?ﬁq8rf'ﬁg?'portion
(104a), and for perform ng a bandw dth extension al gorithmusing the second
decoded si gnal . and e Wi ext ensj par far .t he
second portion %%ﬁ%“?d;n%ﬁ%og??%ﬁl |%&tlh8§ c?gggg\)/e?r??%%]ﬁéﬁéég%x)&t& t he
BVE nodbl e (130)then ot dadneedwnghalberésiimngarode ¥ oF nhtmen bOIGEPN 14.
A method for encadivie agnesde@ sighRgh ((18%) G 1Y a eREdiNGeddded
accordance with a first encoding algorithm the first encoding algorithm
having a first fSiegfencit ¥di dt h; encoding in accordance with a second
encodi ng algorithm the second encodi ng al gorithm havi ng asecond frequency
bandw dth being snal|.er than the first freque andw dt h; _i.ndicati. t he
first encoding é%&&‘h’}ﬂn%‘? 2°FPPdt PRSFEPEN @%&’2) ot ‘?ﬁgbﬁaapgesiwd%

(105) afd the sedend sxoodi ngdedgwbing hneigoratsecoAdrport i secE2O4b)t iafe t he
audi o signal (1%@r’titcn? éf)C&péﬂ HLLLOH égc?ﬁlgi (102) to obtain a second

decoded signal (1l4b);

a BWE module (130) having a controllable crossover
15 frequency (fx), the BWE module (130) being configured
for

performing a bandwidth extension algorithm using the
first decoded signal (114a) and the BWE parameters
20 (106) for the first portion (104a), and for performing
a bandwidth extension algorithm wusing the second
decoded signal (114b) and the bandwidth extension
parameter (106) for the second portion (104b); and

25 controlling the crossover frequency (fx) for the BWE
module (130) in accordance with the coding mode
information (108).

14. A method for encoding an audio signal (105)
30 comprising:

encoding in accordance with a first encoding
algorithm, the first encoding algorithm having a first
frequency bandwidth;

35
encoding in accordance with a second encoding

algorithm, the second encoding algorithm having a



being different fromthe first portion (204a) ; and cal cul ati ng BWE
paraneters (106) for the audio signal (105) such that the BWE paraneters
(106) ar ewoabnwuioadsed for a band not including the first pCrageeaoyssbandw dt h
in the first portion (204a) of the audi o signal (105) and for a band not

i ncl udi ng the second frequency bandwi dth in the second portion (204b) of
the audi o signal (105) . 15. An encoded audi o signal (102) conprising: a

first portion (1Q4ah n(f%a@énr&yacwmczﬁm e idd | shialarGodethaa] gemid hm
a second portion (104§)r¥ encoded in accordance with a second different

encodi ng al gori £AFS thdF@RGE Yo REHE Wt bar amet ers (106) for the first
portion (104a) and the second portion (104b); and a codi ng m)de i nformation

bort ] on (104a) 9P GUIgHh EhoedoVer! { FGaeney (11T HER TSE the ‘da8dnd

portion5(104b) pokfidGongeiddi)pr odr anhéoramxcboranrgal \Ah(elrﬁfr)unramg Ginea

conputer, the n% % n&ﬁeﬁééﬁfﬂ&3a9§o§£@hﬁl%%r a second portion (204b)
of the audio signal (105), the second portion (204b)
being different from the first portion (204a); and

10 calculating BWE parameters (106) for the audio signal
(105) such that the BWE parameters (106) are
calculated for a band not including the first
frequency bandwidth in the first portion (204a) of the
audio signal (105) and for a band not including the

15 second frequency bandwidth in the second portion
(204b) of the audio signal (105).

15. An encoded audio signal (102) comprising:

20 a first portion (104a) encoded in accordance with a

first encoded algorithm;

a second portion (104b) encoded in accordance with a

second different encoding algorithm;

25
bandwidth extension parameters (106) for the first
portion (104a) and the second portion (104b); and
a coding mode information (108) indicating a first
30 crossover frequency (fxl) used for the first portion

(104a) or a second crossover frequency (fx2) used for
the second portion (104b).

16. Computer program for performing, when running on a
35 computer, the method of claim 13 or claim 14.



