WO 2010/ 003563PCT/ EP2009/ 004651 1 Audi o encoder and decoder for encoding
and decodi ng audi o sanpl es Specification The present invention is in the
field of audio coding in different coding domains, as for exanple in the
ti me- donBOROEM3343 t r ansf orm dommi n. I n the context oquTéE@ﬁzﬁ]gfe%?}e audi o and
speech codi ng technol ogy, several d?fferent codi ng techni ques have
traditionally been enployed in order to achieve |low bitrate coding of such
signals with best possible subjective quality at a given bitrate. Coders
for generidimisingodesoand degodes Hbm encasingriand gadediagbpadipve quality
by shaping a spectral (and tenporgidasdape. of the quantization error
according to a masking threshold curve which is estinmated fromthe input
signal by neans of a perceptual nodel ("perceptual audio coding”). On the
ot her hand, coding of speech aBpweifitdawdn trates has been shown to work
very efficiently when it is based on a production nodel of human speech,
i.e. enploying Linear Predictive Coding (LPC% to nodel the resonant effects
of theThan@ressaal PRt iYyetfieriiv theant 339 ci%¥nt 2BBHP ngFBH theifesi dual
exci tac}ii@f%ﬁrg:natodfﬁg adepasagyence dirt beseplwo idi f fiesentimapponaches,
general audio coders, like MPEG 1l Layer 3 (MPEG = Moving Pictures Expert
Group)é,m‘g)lr"’1 Wé@%l%zfmAﬁk?gﬁégd Audi o Codi ng (AAC) usual ly do not perform as
wel | for speech signals at very |ow data rates as dedi cated LPC-based
- speechygodegs dughitdd heo 4 acko0f exilaRiet atiuen oof adaspegeBcesouceaingdel .
Conversely, LPC-based speech ;f ers u%ual I§ do not actgl eve convincing
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aim at optimizing the subjective quality by shaping a spectral

(and temporal) shape of the quantization error according to a
masking threshold curve which is estimated from the input
signal by means of a perceptual model (“perceptual audio
coding”). On the other hand, coding of speech at very low
bitrates has been shown to work very efficiently when it is
based on a production model of human speech, i.e. employing
Linear Predictive Coding (LPC) to model the resonant effects
of the human vocal tract together with an efficient coding of

the residual excitation signal.

As a consequence of these two different_approaches, general
audio coders, like MPEG-1 Layer 3 (MPEG = Moving Pictures
Expert Group), or MPEG-2/4 Advanced Audio Coding (AAC) usually
do nect perform as well for speech signals at very low data
rates as dedicated LPC-based speech coders due to the lack of
explecitation of a speech source model. Conversely, LPC-based
speech coders usually do not achieve convincing results when
applied to general music signals because of their inability to
flexibly shape the spectral envelope of the coding distortion
according to a masking threshold curve. In the feollowing,
concepts are described which combine the advantages of both
LPC-based coding and perceptual audic coding into a single



2 framework and thus describe unified audio coding that is efficient for
bot h general audi o and speech signals. Traditionally, perceptual audio
coders use a filterbank-based approach to efficiently code audio signals
and shapev@pEe#adt i zati on distortion according to anPESERAH08465F t he
maski ng curve. Fig. 16a shows the bdsic bl ock diagram of a nonophonic
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The quantized and entropy-encoded spectral coefficients or
subband wvalues are, in addition with side informaticn, input
into a bitstream formatter 1606, which provides an encoded
audio signal which 1is suitable for being transmitted or
stored. The output bitstream of block 1606 can be transmitted
via the Internet or can be stored on any machine readable data

carrier.

On the decoder-side, a decoder input interface 1610 receives
the encoded bitstream. Block 1610 separates entropy-encoded
and gquantized spectral/subband values from side information.
The encoded spectral values are input into an entropy—decoder
such as a Huffman decoder, which 1s positiconed between 1610
and 1620. The outputs of this entropy decoder are quantized
spectral values. These quantized spectral values are input

inte a requantizer, which performs an “inverse” gquantization



Traditionally, efficient speech coding has been based on Linear Predictive
Coding (LPC) to nodel the resonant effects of the human vocal tract
together with an efficient coding of the residual excitation signal. Both
LPC and B¥CiHUtB¥A parameters are transnitted from t RCEREEWEPFD t he
decoder. This principle is illustrat®ed in Figs. 17a and 17b. Fig. 17a
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Over time, many methods have been proposed with respect to an

efficient -and perceptually convincing representation of the
residual (excitation} signal, such as Multi-Pulse Excitation

(MPE), Regular Pulse Excitation (RPE), and Code-Excited Linear
Prediction (CELP).



WO 2010/ 003563PCT/ EP2009/ 004651 5 of 80nms duration can be split into
subfranmes of 40nms or 20ns in which a decision between the two codi ng nodes
is made. The AVR-W8+ ( AVR-WB+ = extended Adaptive Milti-Rate W deBand
codec), cwp2B@PRs6BGPP = Third Generation Partnershi pprepaeddostgchni cal
speci fication nunber 26.290, versiomd 6.3.0, 'June 2005, can swi tch between
the two essentially different nodes ACELP and TCX. In the ACELP node a tine
dormai n signal is coded by al gebraic code excitation. In the TCX node a fast
Fouri emitmeansfrradi(dtiTe- dasingrout t&fiptd ansf rauce Used.andykpe spectral
val ues .qf, t wei signal (fromwhich the LPC excitation can be
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to useCbS&ivBEirake®f by Eeytagnamsmdecodihgpbst h vepuiesnsasand danparr ng t he
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over he&fi€cofipared’ o yRertrdl i calvelans | iy | sdeest pEasa@mablayl l-ewiand t he
decodi agprecesseiynfor the closed-1oop decision reconstructs at |east 778"
of the sanples of the current frame. The AMR-WB+ introduces 118th of
overhead in a TCX node, i.e. the nunber of spectral values to be coded is
118" hifgpérathan therewinband ofphaput cedapsesi.Fhi sppeowi desetrbewith

di sadvanisage1ehgaitaBCIRASHk ARt 8n0YSY NERT LALT AANY: 1, T LRAYSNRY
P %etween 8 and 12. Due to the nature of the LPEC filter, a
uniferm fregquency resolution 1is effective across the full

frequency range. This does not correspond to a perceptual
frequency scale.

In order to combine the strengths of traditional LPC/CELP~
based coding (best quality for speech signals) and the
traditional filterbank-based percéptual audio coding approach
{(best for music), | a combined codiné between these
architectures has been proposed. In the AMR-WB+ (AMR-WB =
Adaptive Multi-Rate WideBand) coder B. Bessette, R. Lefebvre,
R, Salami, “UNIVERSAL SPEECH/AUDIO . CODING USTING HYBRID
ACELP/TCX TECHNIQUES,” Proc. IEEE ICASSP 2005, pp. 301 - 304,
2005 two alternate coding kernels operate on an LPC residual
signal. One is based on ACELP {(ACELP = Algebréic Code Excited
Linear Prediction) and thus is extremely efficient for coding
of speech signals. The other coding kernel is based on TCX
(TCX = Transform Coded Excitation), i.e. a filterbank based
coding approach resembling the traditional audic coding
techniques in order to achieve good quality for music signals.
Depending on the characteristics of the input signal signals,
one of the two coding modes is selected for a short period of
time to transmit the LPC residual signal. In this way, frames



WO 2010/ 003563PCT/ EP2009/ 004651 6 of the corresponding band pass filters is
di sadvant ageous, due to the steep overlap region of 118th of consecutive
frames. In order to elaborate nore on the code overhead and overlap of
consecut iWe 20i04pwe Fig. 18 illustrates a definition pérmpmoowsgsar anet ers.
The wi ndow shown in Fig. 18 has a ri%sing edge part on the left-hand side,

whi ch i oted with "L’ and al so.called | eft overlap region, a by "1",
vvh: gh :03 ;hedéltbs c‘gllul.aetcimé1 acﬁrhln’?‘? n@pgabelﬁﬁf’t SURhFaRes soerdtldrs agimsnhi ch is
denot edrr egiich eof decosidbyypesioverr t;handvadenatied hydeR i angaa@d so cal | ed

The AMR-WB+ (AMR-WB+ = extended Adaptive Multi-Rate WideBand
codec), cf. 3GPP (3GPP = Third Generation Partnership Project)
technical specification number 26.290, version 6.3.0, UJune
2005, can switch between the two essentially different modes
ACELP and TCX. In the ACELP mode a time domain signal is coded
by algebraic code excitation. In the TCX mode a fast Fourier
transform (FFT = fast Fourier transform) is used and the
spectral values of the LPC weighted signal (from which the LPC
excitation «can be derived) are coded based on vector

guantization.

The decision, which modes to use, can be taken by trying and
decoding both options and comparing the resulting segmental
signal-to-noise ratios (SNR = Signal-to-Noise Ratio).

This case is also called the closed loop decision, as there is
a cleosed control loop, evaluating both coding performances or
efficiancies, respectively, and then choosing the one with the
better SNR.

It is well-known that for audio and speech coding applications

@ block transform without windowing 1is not feasible.
- Therefore, for the TCX mode the signal is windowed with a low
- overlap window with an overlap of 1/8%™. This overlapping
. region is necessary, in order to fade-out a prior block or

frame while fading-in the next, for example to suppress

artifacts due to uncorrelated guantization noise in

consecutive audic frames. This way the overhead compared to
| non-critical sampling is kept reasonably low and the decoding
- hecessary for the closed~loop decision reconstructs at least
© 7/8%" of the samples of the current frame.

: The AMR-WB+ introduces 1/8%® of overhead in a TCX mode, i.e.
. the number of spectral values to be coded is 1/8%" higher than
the number of input samples. This provides the disadvantage of
an increased data overhead. Moreover, the frequency response



the right overlap region. Mreover, Fig. 18 shows an arrow indicating the
region "PR' of perfect reconstruction within a frame. Furthernore, Fig. 18
shows an arrow indicating the length of the transformcore, which is
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transitions, but also for TCXx to TCXx (where “x”~ indicates

TCX frames of arbitrary length) transitions. Thus, in each

block an overhead of 1/8™ is introduced, i.e. critical

sampling is never achieved.

When switching from TCX to ACELP the window samples are
discarded from the FFT-TCX frame in the overlapping region, as
for example indicated at the' top of Fig. 12 by the region
labeled with 1900. When switching from ACELP to TCX the zero-
input response (ZIR = zero-input response), which is also

indicated by the dotted line 1910 at the top of Fig. 19, is



The purpose of these overlap regions is to snmooth out the transitions.
However, overlap regions can still be prone to a |loss of coding efficiency
and artefacts. Therefore, overlap regions or transitions are often chosen

as a conpworregokret ween sone overhead of transmtted ippi@psRbhRbs; |- €
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the ovejlap: 124iieR. ndigeossti,28LNg W ading-out_ the preceding frame
-and fadﬁian}g/-i nthe fol | owing frane g%ﬁ%??gvjr‘\‘é%ug Y5 @ eze%ll.ffﬁﬁe‘é‘gt
appr oach:die & TRELGPEr neHFr St odudlean devieteing e§rom andechrtinmg
ef fi ci éey,thsi ncexwhengviesuna tomnsdtion,t akes iBLases tgﬁﬁ%@ in§arynot
criticaldaiinsanged,annor, ictically sanpl ed | apped transforns are for
exanpl e disclosed in J. Igr%}or?(%g%d%. lﬁlr/arhﬁc SaKn dity TSRSy ithexiisi emd t er
Bank D&sicgr tBaSedUdhi¥Yme Domain Aliasing Cancellation", |EEE Trans. ASSP
ASSP34(5):1153-1161, 1986, and are for exanple used in AAC (AAC = Advanced
Audi o NGk . ri di of ving Pictures and Associ ated Audi o:
Advancgg ghg%glé%ﬁﬁ%%?glﬁ?ggﬁﬁwggﬁﬁlOg?ghﬂar8918§18av,bﬁS@ﬁBEC that
JTCL/ SEBS/ VEIAsIbhadey PeetonesyBoper twiBhoup, dH@8EnVDIERYER, J1ON+alki ased
cr oss- ffadeet r g .t izonsppse dischasedai-n Liglder, louis D, Todd, Craig C. ,
"The Desion,of.a V‘deopFri%ngly Audi 0 (Iﬁ%%%ﬁ %?tn%?gPsff%Y+?%%tF€h
Appl i cat'tond™  ePERer "RIMDET 49 0bR° RRESAES 17iangittiensatinomMR-@BAf.er ence:
H gh- QifaENt FrAndioi@pdiEngn( AGgUsb BA9P and igveriiabgery ggg'gggep. cahavi dson,
G ant Ae, d:AUGIQEGdipeToel.s Lor; Diai Television, Distribution”,
Preprint h@nber §104,a16§th d%nv%%t oﬁﬁg*‘tﬁ%ﬁfﬁskagﬁéaryt@®OG?F°‘

input response from the ACELP can be remcved at the encoder

and added the decoder for recovering.

In the following audio coding will be illuminated, which
utilizes time-domain (TD = Time-Domain) and frequency-domain
{FD = Frequency-Domain) coding. Moreover, between the two:
coding domains, switching can be utilized. In Fig. 21, a
timeline is shown during which a first frame 2101 is encoded
by an FD-coder followed by ancther frame 2103, which is
encoded by a TD-coder and which overlaps in region 2102 with-
the first frame 2101. The time-domain encoded frame 2103 is
followed by a frame 2105, which is encoded in the frequency-
domain again and which overlaps in region 2104 with the
preceding frame 2103. The overlap regions 2102 and 2104 occur
whenever the coding domain is switched.

The purpose of these overlap reglons is to smooth out ther
transitions. However, overlap regions can still be prone to a
loss of coding efficiency and artefacts. Therefore, overlap
regions or transitions are often chosen as a compromise‘
between some overhead of transmitted information, i.e. coding
efficiency, and the quality of the transition, i.e. the audio
quality of the decoded signal. To set up this compromise, care



WD 2008/ 071353 di scl oses a concept for switching between a tine-donmain and
a frequency-domai n encoder. The concept could be applied to any codec based
on tine-domai n/frequency-donain switching. For exanple, the concept could
be appl i &40 $d0/46358- domai n encodi ng according to the ACGH/EPWEe4S! t he

AVR- V\B+ codec and the AAC as an exaﬁple of a frequency-donmain codec. Fig.

22 shoyg | ogk agram o venti encoder utilizing a
frequency gn%%n g’kc%der ?‘ﬁe'%t[‘{éﬁgbr htﬁ%shtlw and designing

2010/ OGB%W@MEPQQGWOM 92111 me2dafmiandlecodsr dsn thei &otdomihr anch.
The fregygengy, decoding part is exenplified by an AAC decoder, conprising a
re-quanti zation bl ock 2202 and an inverse nodified discrete cosine
transform bl ock 2204. In AAC the nodified discrete cosine transform (MDCT =

Modi f i @dn@erstcsroetae Cusicep th ansfariny it useG@s trta:@%fs@_rtﬁahlsOBe%E%en the
time- depgd re cy n Fi 2 the tinme-domai n_decodi ng
path is éxerrpl fi e%ifgs gér? tg\%ga%eco er %8én?ol MRRES by? Hr MDETE bl ock
2208, FFERRfer toSHuhbi RECERefade comdngbwEhe diecoder 1122064 ity t henout cone
of theoverlguant iazer 12282 i Bst hentr egentys dormi ThIAS g%gg g 8in

conbi n@igl@&l nftaraen rgﬂgen% domai n, whereas an overl ap an as %ge

whi ch 1's not’ shown 5 RERCHURE ed HMer ARk |ﬁ¢éﬂ§elWDC‘F'1ﬁ2204 in
or der f@lmgnér@m @rlmtfaa@euad{yaaenmmllmba whi Boupphaytng &@e consi der

whet hego t heys hagh bgem gncogdg t or the freguency-domain
I'n anot%}gr convent i onal Eﬁrgg%%umi?ch&% i SC onesed i'n V@ZO%@?%‘%@%S is to

avoi d The VSCFY22081PRCFi §ReDeVer @ DEANFHr®N DERKEY f blathe colse of
ti me- doheial désoding, cmdﬁrl}&mmmaeh tah ErrGal I@gllgimlqpnggﬂp@éa asi ng

cancel i | n at i o an be used Thi s
Laggen t'(r-lé%qom-% 55% 23S hcglr C%IleocsoedJer IWha theer, A-

is sho 23
f reque):‘\gl\%‘/:1 rra?ﬁ"“&éé’&&ér/séfi’éﬁ*ﬁlsﬂﬁl é"d1§§far$aMC QR&?@@eernbroml Tllg'ﬂ@.
re- qualbdriaziat i okl b 0oty 2302naed1 anidMOCT bhegk 12304, Thedd ”E‘}gé?é'@' n path

is aga XQARk-i b coder, 2306 nd the TDAC bl ock 2308 Fi 23 al |l ows
a co?rb?ﬂgjta)l 2'283 Ehﬁg ng-%do ga pI-El@D(‘:‘Fedeﬁ‘ Mift r €5 the

necessp&i"‘fﬁ%qeﬁepélldilé23|<%ﬁ>g’%ngér fQ‘ﬁr tGermmalq dxraincant elidatnonpi domdn. To
save st eakoulaté®n mnpthdn evebwchhr Shud @t suPerflaBa: 6,81

Standard 13818-7,. ISO/IEC JTC1/SC29/WG1ll Moving Pictures
Expert Group, 1557. 1

Moreover, non-aliased cross-fade transitions are disclosed in
Fielder, Louis D., Todd, Craig C., ™“The Design of a Video
Friendly Audio Coding System for Distribution Applications”,
Paper Number 17-008, The AES 17th International Conference:
High-Quality Audio -Coding (Bugust 1999} and in Fielder, Louis
D., Davidson, Grant A., “Audio Coding Tools for Digital
Television Distribution”, Preprint Number 5104, 108th
Convention of the AES (January 2000).

WG 2008/071353 discloses a concept for switching between a
time-domain and a frequency-domain encoder. The concept could
be applied to any codec based on time-domain/frequency-domain
switching. For example, the concept could be applied to time-
domain encoding according to the ACELP mode of the AMR-WB+
codec and the AAC as an example of a frequency-domain codec.
fig. 22 shows a block diagram of a conventiocnal encoder
utilizing a fregquency-domain decoder in the top branch and a



of each AVR VB+ segment, TDAC may only be used in overlap zones Or regions
on 128 sanples. The normal tine domain aliasing introduced by the AAC
processing may be kept, while WO 2010/003563PCTI EP2009/ 004651 10 the

cor r esponsd pgoissser se time-domain aliasing in the AVRedBEPp@idosssi S
introduced. Non-aliased cross-fade s ndows have the disadvantage, that
they are not coding efficient, because they generate non-critically sanpled
encoded B PPEi RNt SCCAIRE addh antiew erfetdebrof Hmdrohnat iThe t & reqeedey

| ntroddecogidPApkIDAs BxEcDaraea Ay asi Ngic abethet] MBHQPRL N, degoder, as
for ex rrplg ig). \5’\%)[200“08%971 g’%q? r.educ yls this over{%ead, but goq%%‘%e only
appl i egeag FRe TETPOt aP T PFamMATSE ot hétt W U smaat Ehedadh sernee.

Q her wesgine het radifivgref biletend2lids reducert agakn. méadther , dIPAratet he f
decodeeos: sk de 6aukdrhe (PRl emhis; s fopepl ably. &t cLhe, stqrling point of a
time domain coder. After a potential reset, a time domarn " decoder
wi il usBal13FPr Bucer A HStegrorquiRtveeR | dienot seeddemain t kedenphéness of

nenor i ésegfendie-damme rdonai nFixpdeIZFFhﬁlﬁ@Qﬂgﬁd@ﬁéﬂg Wrﬁg rr%?%]mg %rgec IBieinﬁgr
Predi ctiQf, Codi The, decoeder , Wi t.hen e rtain ti _

i Leal gé!r{%g?\ent %&?) gisab%e gl?g?@é’angeﬁgfi%erzt%l%mf%fﬁ%‘f?‘%r Wq_l?éh_t?’@%'f'l on

noi se BYeFkt LAE8, THi's dider &pr oronksingi sty anthigenes ofi noe: | Hebsaasual |y

audi bl e20@hesefior echd t discddie objecteef the PLasenL i nygpy ODntptgg,odee an
i npr OV?Qe&?e Cceﬁtdc; or; Sw tching in audio coding in nultiple domai ns” The
object "Ts*ac |eve§‘al}y ‘an encoder according to claim1, and nethods for
encodi ng according to claim 16, An audi o decoder according to claim 18 and

a met hogl § o&naidl0 dechdi N Ao Nl &8 AeM3280main, whereas an
overlap and add stage, which is not shown in Fig. 22, can be
used after the inverse MDCT 2204, in order to combine and
cross-fade adjacent blocks, without having to consider whether
they had been encoded in the time-domain or the frequency-
domain,

In another conventional approcach which is disclosed in
WO2008/071353 is to avoid the MDCT 2208 in Fig. 22, i.e. DCT-
IV and IDCT-IV for the case of time-domain decoding, another
approach to so-called time-domain aliasing cancellation (TDAC
= Time-Domain Aliasing Cancellation) can be used. This 1is
shown in Fig. 23. Fig. 23 shows another decoder having the
frequency~domain decoder exemplified as an AAC decoder
comprising a re-quantization block 2302 and an IMDCT block
2304. The time-domain path is again exemplified by an AMR~WR+
decoder 2306 and the TDAC block 2308. The decodér shown in
Fig. 23 allows a combination of the decoded blocks in the
time-domain, i.e. after IMDCT 2304, since the TDAC 2308
introduces the necessary time aliasing for proper combination,
i.e. for time aliasing cancellation, directly in the time-
domain. To save some calculation and instead of using MDCT on
every first and last superframe, i.e. on every 1024 samples,
of each AMR-WB+ segment, TDAC may only be used ' in overlap
zones or regions on 128 samples. The normal time domain
aliasing introduced by the AAC processing may be kept, while



It is a finding of the present invention that an inproved switching in an
audi o coding concept utilizing time donmain and frequency domain encodi ng
can be achi eved, when the fram ng of the corresponding coding donains is
adapt ed ovOnwdidsed cross-fade wi ndows are utilized. Porpreogmwigdi ment, for
exanpl e AMRWB+ can be used as tine ddmain codec and AAC can be utilized as
an exanpl e of a frequency-domain codec, nore efficient swtching between
the t w0t SERINBENEc APFPEG by iMAPAR020N003563R6F/ ER2Q0S Q6B +11

enbodi neitts, ikyigttdelcadapting the framng of the AVP-wp+ part or by using
nodi fied start or stop windows for the respective AAC coding part. It is a
further finding of the invention that TDAC can be applied at the decoder

and nodAlcarieasededr ovp>sfsadiatg wividdesscambe uhid | 2edaciabodidaents 0f the

r esent:nisRveRntd 0RHBY - K4 PV d ant t .Qver head |nfornat|on can
Ee red&cgg B Dot C&Fn %v%rﬂé;%l%?’\aéns }?gg%ﬁg@ %gyke%% Fof Hodér

cross- {4d lFéS BnEaﬁggﬁ?l RG CEEESs -Forfe iGdanitsy . @ﬁbo@i@drenns oorfemlaedpresent
i nvent iodn iwifldrmbe i det alol @chcuﬁieng Iﬂta:cﬁﬁmmarmmg FhQuULesy kN pARLGR Fi g.

| asho di a ncoder: Fig. shows an enb I ment of an
audi O"‘%é@%g%?@? a%EnLthz 5 o#@%ugltlcgencso or t‘?ﬁe /99@EtEe in WO
88/071353 reduces thls overhead, but could be oniy applied

as the temporal framings of the two coders match each other.
Otherwise, the coding efficiency is reduced again. Further,
TDA at the decoder’s side could be problematic, especially at
the starting point of a time domain coder. After a potential
reset, a time domain coder or decoder will usually produce a
burst of quantization noise due to the emptiness of the
memories- of the time domain coder or decoder using for
example, LPC (LPC = Linear Prediction Coding). The decoder
will then take a certain time before being in a permanent or
stable state and deliver a more uniform gquantization noise
over tTime. This burst error is disadvantageous since it is
usually audible.

Therefore, it is the object of the present invention to
provide an improved concept for switching in audie coding in
multiple domains.

The object is achieved by an encoder according to claim 1, and
methods for encoding according to claim 16, an audio dscoder
according to «claim 18 and a method for audio decoding
according to claim 32.

It is a finding of the present invention that an improved
switching in an audio coding concept vtilizing time domain and
frequenéy domain encoding can be achieved, when the framing of
the correspondlng coding domains is adapted or modified cross-
fade wihdows are utilized. In one embodiment, for example AMR-
WB+ can be used as time domain codec and AAC can be utilized
as an example of a freguency-domain codec, more efficient
switching between the two codecs can Dbe achieved by



Fig. 3shows an enbodi ment utilizing nodified framng; Fig. 4ashows a quasi
periodic signal in the time domain; Fig. 4bshows a voiced signal in the
frequency domain; Fig. 5ashows a noise-like signal in the tine domain; Fig.
5bshows &Y &H{8138@d signal in the frequency donmi n; FPYIVEBRSbREESAN

anal ysi s-by-synthesis CELP; Fig. 7illustrates an exanple of an LPC anal yses

i nbodi nent; . ' . .
stage Ié%ﬁg&i%ents, y elther adapting the framing of the AMR-WB+

part or by using modified start or stop windows for the
respective AAC coding part.

It is a further finding of the invention that TDAC can be
applied at the decoder and non-aliased cross-fading windows
can be utilized.

Embodiments of the present invention may provide the advantage
that overhead information <can be reduced, introduced in
overlap transition, while keeping moderate cross-fade regions
assuring cross-fade quality. Embodiments of the present
invention will be detailed using the accompanying figures, in

which

Fig. la shows an embodiment of an audio encoder:;

Fig. 1b shows an embodimgnt of ah audio decoder;

Figs. 2a-2j show equations for the MbCT/IMDCT;

Fig. 3 shows an embodiment utilizing modified framing:;

Fig. 4a shows a quasi periodic signal in the time

| domain;

Fig. 4b shows a voiced signal in:the frequency domain;

Fig. b5a shows a noise-like signal in the time domain;

Fig. 5b shows an unvoiced signal in the frequency
domain;

Fig. 6 shows an analysisﬁby—synﬁhesis CELP;

Fig. 7 illustrates an example of an LPC analyses stage

in an embodiment:

Fig. 8a shows an embodiment with a modified stop window;



Fi g. 8ashows an enbodiment with a nodified stop w ndow, WO 2010/003563
Fig. 8b Fig. 9 Fig. 10 Fig. 11 Fig. 12 PCT/EP2009/004651 12 shows an
enbodi ment with a nodified stop-start w ndow, shows a i nci pl e wi ndow;

shows a noP&'UWdRfted wi ndow,
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shows an embodiment with a modified stop-start
window;

shows a principle window;
shows a more advanced window;
shows an embodiment of a modified stop window;

illustrates an embodiment with different overlap
ZONEs or regions;

tllustrates an embodiment of a modified start
window;

shows an embodiment of an aliasing-free modified

stop window applied at an encoder;

shows an aliasing-free modified stop window
applied at the decoder;

illustrates conventional encoder and decoder

examples;
illustrate LPC for voiced and unvoiced signals;
iilustrates a prior art cross-fade window;

illustrates a prior art sequence of AMR-WB+

windows;

illustrates windows used for transmitting in
AMR-WR+ between ACELP and TCX:

shows an example sequence of consecutive audio
frames in different coding domains;



shows an enbodi ment of a nodified stop window, illustrates an embodi ment
with different overlap zones or regions; Fig. 13illustrates an enbodi ment
of a nodified start wi ndow; Fig. 14shows an enbodi ment of an aliasing-free
modi fi ed YOPNWHE W appl i ed at an encoder; Fig. 15shdR3/EXROOANNEEH ng-free
nodi fi ed stop wi ndow applied at the decoder; Figs. 16illustrates

conventg;anal,encoder and decoder .\ o conventional approach for audio

decoding in different domains:; and

Pig. 23 illustrates an example for time domain aliasing
cancellation.

Fig. la shows an audio encoder 100 for encoding audio samples.
The audio encoder 100 comprises a first time domain aliasing
introducing enceder 110 for encoding audio samples in a first
encoding domain, the first time domain aliasing introducing
encoder 110 having a first framing rule, a start window and a
stop window. Moreover, the audio encoder 100 comprises a
second encoder 120 for encoding audio samples in the second
encoding domain. The second encoder 120 having a predetermined
frame size number of audio samples and a coding warm-up period
number of audio samples. The coding warm-up period may be
certain or predetermined, it may be dependent on the audioc
samples, a frame of audio samples or a seguence of audio
signals. The second encoder 120 has a different second framing
rule. A frame of the second enceoder 120 is an encoded
representation of & number of timely subsequent audio samples,

the number being equal to the predetermined frame size number
.0f audio samples.

The audio encoder 100 further comprises a controller 130 for
switching from the first time domain aliasing introducing
enceder 110 to the second encoder 120 in response to a
characteristic of the audio samples, and for modifying the
second framing rule in response to switching from the first
time domain aliasing introducing enceder 110 to the second
encoder 120 or for modifying the start windew or the stop
window of the first time domain aliasing introducing encoder

110, wherein the second framing rule remains unmodified.

In embodiments the controller 130 «can be adapted for
determining the characteristic of the audic samples based on
the input audio samples or based on the output of the first
time domain aliasing introducing encoder 110 or the second
encoder 120. This is indicated by the dotted line in Fig. la,



: : : : : s
exanpl es; Figs. 17a,17b illustrate LPC for voiced and unvoiced signals;
Fi g.rrp18i | lustrates a prior art cross-fade window, Fig. 19 llustrates a

prior ar E"Yﬁig‘ﬂﬁfﬁ&%ﬁ%ﬁ)f AMR- B+ wi ndows; Fig. 20ill US”?{;?{EPZ"(\/},J)&%? used for

transmt WB+ bet ween ACELP and TCX; WO _
2010/ 003563PCT/ EP2009/ 004651 13 Fig. 22illustrates the conventi onal

approag¢hrb@ghaudieh tne input audio samples may be provided to the
contreoller 130. Further details on the switching decision will
be provided below.

In embodiments the controller 130 may control the first time
domain aliasing introducing encoder 110 and the second encoder
120 in a way, that both encode the audio samples in parallel,
and the controller 130 decides on the switching decision based
on the respective outcome, carries out the modifications prior
to switching. In other embodiments the controller 130 may
analyze the characteristics of the audio samples and decide on
which encoding branch to use, but switching off the other
branch. In such an embodiment the coding warm-up period of the
second encoder 120 becomes relevant, as prior to switching,
the coding warm-up period has to be taken into account, which
will be detailed further below.

In embodiments the first time-domain aliasing introducing
encoder 110 may .comprise a frequency-domain transformer for
transferming the first frame of subsequent audio samples to
the frequency domain. The first time domain aliasing
introducing encoder 110 can be adapted for weighting the first
encoded frame with the start window, when the subseguent frame
is encoded by the second encoder 120 and can be further
adapted for weighting the first encoded frame with the stop
window when a preceding frame is to be encoded by the second
encoder 120,

It is to be noted that different notations may be used, the
first time domain aliasing introducing encoder 110 applies a
start window or a stop window. Here, and for the remainder it
is assumed that a start window is applied prior to switching
to the second encoder 120 and when switching back from the
second encoder 120 to the first time domain aliasing
introducing encoder 120 the stop window 1is applied at the
first time domain aliasing intreducing encoder 110. Without
loss of generality, the expression could be used vice versa in
reference to the second encoder 120. 1In order to avoid

confusion, here the expressions “start” and “stop” refer to
P P



decoding in different domains; and Fig. 23illustrates an exanple for tinme
domai n aliasing cancellation. Fig. |a shows an audi o encoder 100 for

encodi ng .audi o san:ﬁl es. The audi o encoder 100 conprises a first time domain
al i asi ng YRS hg encoder 110 for, encodi ng audi o s&RPEEVPPESIt | [ st
encodi ng domain, the first tinme domar n al i asi ng i ntroduci ng encoder 110

havi ng i) St ] I - i N .an st w ndow. Moreover,
t he aud@gdg:lwgodgeéﬁ?o%gc%gp%%égs%ggééc\(;gn gj\r%écrgdgfleﬂdﬁ%& gﬁ%ocﬁqﬁf%di 0
sanpl e€NG79eRe 14BcoRASBHCSH RF ddifgitn Lt THessatenbde@ncoder 120 having a

predeterm ned frame size nunber of audi o sanples and a codi ng warm up

peri od {nu r i a S. The,codi ng warmup period may be certain or
pr edet eﬁm%gégﬁﬁgﬁgyg%é gg%)%%%%‘f %%m"’ilﬁ}egca’iﬁﬂs(r)%}?pﬁ}?ﬁl &S, user dfe B8F audio
sanpl e g ta SEERIefCBadh audlds Fignahsrotheisecontteitoodei 0126 hadbea

di {7 er enfapseaonch! @M SHing Acke are-al INarmecond, eppader 43018 an
encoded Ogn%grne}enta i on of [g@gber of ti mel_%%subs,equent audi 0 arrﬁzl es, the
nurber BEERG Y t &t RE 3‘? t 8Pffi e fFhhet siti8eniRpeinofe ldudiiadsanpl es.
The audingredoodey ®B0ofiart HE0 compr bsesdapeent ridd esddd30idor aswiMpeti ng from
the firsSteti [ | Lasi Ln ' r 110 to the second
encoderﬁfgoti%ﬁéggggg%gg %géagg%%r%%?g‘?‘?@?%&ggﬁe aé]l]?gisézo anpl"eS$"%and f or
nodi f yitng Fﬁéaéééoﬁﬂrf?%wi@ @ng il sy 8speNnsdli ceswaemuty Healem.t he first
time dormain aliasing introducing encoder 110 to the second encoder 120 or
for nodify] rt window or the stop w ndow of the first time domain
al i asi ﬁa i rg]l?g%dil}%%é’eng\ggergiﬁﬁ whdiFeidR PR e s@fb‘ﬁﬁl‘?? aritfg 94Wicd "Fenai ns
unnodi fNégdern Erfbodfre it s endAt op¢ erdddBedanfde adapyed: f ertart

det er mamicngrt he sehar achebiStiae1ah theiaudiagsampkeshased an the.jnput

audi o sanpl g5 or based on.éhe outg t of the first tinme domain aliasing

i ntroduci ng” eéncoder T10 ot®t e B&tbnd “EridG¥er 128 FHFRIR s §indisdaded by the
dot t ed MeirgevER, Fitdie | &L st 264 QU856 3PCTTEP2O091004662144 tdnradgh whi ch

the input auh opsanplesamyrde pLovided é&f@ewﬁﬂ%go'e}&{/o@% Burher

detall%i%go&h%a%WEgcgh”%&%%%&%bggrggl£a2$ %&pz;dfgsiﬁgcggge'part of
the window, when the preceding frame is encoded by the second
encoder 120, i.e. the first time-domain aliasing introducing
encoder 110 utilizes a stop window, having & rising edge part
which is aliasing-free. Consequently, the first time-demain
aliasing introducing encoder 110 may be adapted for utilizing
a window having a falling edge part which is aliasing-free,
when a subseguent frame is encoded by the second encoder 120,
i.e. using a stop window with a falling edge part, which is
aliasing-free.

In embodiments, the controller 130 can be adapted to start
second encoder 120 such that a first frame of a gseguence of
frames of the second encoder 120 comprises an encoded
representation of the samples prccessed in the preceding
aliasing-free part of the first time domain aliasing
introducing encoder 110. In other words, the output of the
first time domain aliasing iﬁtroducing encoder 110 and the
second encoder 120 may be coordinated by the controller 130 in
a way, that a aliasing-free part of the encoded audioc samples
from the first time domain aliasing introducing encoder 110
overlaps with the encoded audio samples cutput by the second



I n enbodi nents the controller 130 may control the first time domain

al i asing introduci ng encoder 110 and the second encoder 120 in a way, that
both encode the audio sanples in parallel, and the controller 130 deci des
on the swlHiHY3Hci si on based on the respective out JSTFEP20M0M468S out t he
nodi fications prior to switching. In'ther embodiments the controller 130
may an e aragterjstics .of t audi o sanpl es and deci de on which
encodi %X%Cr?da%l%hl?g' ugé,e béuctmﬂsw%tlce?ﬁ ngggf faphePdt her thran@tanteds utdr an
enbodi ne¥Rs T Hadodi nig svar frdpnperitndoné theoseeond iarcogdali k20 rhecoses

rel evardsneas ¢fdo@ert 0 switching, the coding warmup period has to be taken
into account, which will be detailed further below |In enbodinents the
first time-domain aliasing introducing encoder 110 rmay conprise a
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audi o sgpl 0 fr e .domaj The first tinme domain_alilasing

i ntroducin %gﬁﬁodgggﬁldgggnQﬁéhgg%pkgamf%ﬁ v&ﬁiﬁﬁ4:n§u@%§rfi?§t Ftigded
frame vﬁa:“FP%t@r?e FEELEPRI FABWE lWAEANEhEreribmetuent franetdst envoded &y t he

second wBrcoflerstl 20i maed s rhea f 14 ﬁﬁ@@é&@cjfr?dli é‘ﬁ%&@éi g, bhef rst
encoded, fJ oW t é%%% %%pp MéndOMl en a preceding frame iSto be ‘encoded
by the seco&ﬁ encoder “120. T1t°i 8°tB DeSROPRE  t haP Averdpeft wishattitens may
be usedl¥dfd i r parEi mefdokhien akbmsi ngndowt r oduei ngriencodesrdd0 applies a
start widrdQewiQkra SIOPmWe,Ndow 4618 and. f Qr remai nder .i.t i s assuned
that a.start. w ndow i sm\gp Iied priaore tgg%w%tecctﬁ:ﬂ%g o the s%éhnds oder 120
and when e 1¢hi N bﬁEﬂl‘?SoWﬁfﬂéugeéﬁﬁéogn@@@@l}zﬁeﬁo e of | Fastp tdse

domai n 24 agivaglante odUsimg tércoder st 20Adiriast op 1, Ndamyi Sapp! igd At the
first tdimesdemain;al sashngsi RLLo i ncoder 110. Wthout | oss o

general ity .the ex or ess%onscou%dggg%gg%f v]?%_)em VElsa i etffjé?eer?@éna_tlé’ t he
second %nESdEE ISP dere1P IRk §l Gonftbsi o rrhee péei @k ppEssikens

"st art "seamed” stropidenef B20 t Bas\WR Q6M0/:003563RCTLER2909/ 004651 indows -
applieg @t ihe fIdhst §@C9ngcﬁ&%§tWQ%? he secong encoder 126%?§%%%5rted or
after it mgs stopped.” Tn enbodi rent s”t he' ¥ r 8§G&ACY WGaieR th&hsior fer as
used i fS$He3fi FeP%Y ne domain aliasing introduci ng encoder 110 can be
adapted for transformng the first frane into the frequency donai n based on
an MDChyand. 4 hLSt sLhme-dommi n al i asing_introduci ng encoder 110 can be
adapted for a gﬁéFﬁg éﬁbggég Efzg%thFﬁeagFBF?daﬁa $t6p tor- PRpdieicad st ar t
and stﬁ&cﬁﬁﬁaoﬁép ?Héhdéﬁéﬁl§hﬁomqﬂﬁ9qND@fman@ iples: 19z @vairlllaple wseh out

T10° 0o, QRS ORI e B ATApLed 1ot ol ke andl 6 BoStOi e ndow
havi ng a aF‘l asi ng_—cf ree‘te_aﬁ’a_rﬁf S e?f%\?stefﬁl ng‘fqlljeo WPREBHF € here iayad lpare,

Wi t houtfrﬁ“nébﬁomtiﬁ’uél iodsithg. Norsgoveime tcgnafiin st itdsTRrod amRirdd aaldiasi ng
St op Wentiou Bavipa, an ol Lol seir oo nhrt U5t oy e sBhEge grwogeﬁggr ]
mﬁndomfgmﬁé% th%ug?%ceﬁﬁméﬁ?§aﬁﬁfi§j€hcdﬁéﬁ“ww t mersecondwencbdemay20, i.e.
the fiegperiaecelonni nnakkasedgquaht 0gueidry eRcoder nddoput iki2€8,3.St op

W ndowgnBavi s 8, 1Nisi ng 38dg arf . which is_aliasing-free. Conse uently, the
first %ggégarﬁgg %%%Ss%gg ﬁﬁi{dagg?%gbgggigé?giio Ty BGécsdapeedttor

utili zi i w [ wHENE e tawhichskguahtasi agrfinge, when
a subseguemetrismmesiisscencoded by the second encoder 120, i.e. using a stop
wi ndow with a falling edge part, which is aliasing-free. In enbodi nents,
the controller 130 can be adapted to start second encoder 120 such that a
first fRame of eF seqbedéveptsf ranes wihtirhé lsecohsld encodenel 26ueeApPEi Ses an

encodeddeppeesentakivanchi nghe rsanplhes frece ddt they Preceding
i d%nain al 1 asi ng |ntrodu0|ﬁg 2Rcoder

al i asi ng-freg. t_ of the first.tine
110. |ﬁgot{mefgl%‘a‘%‘&tﬁgalo’%%%%ﬁ%"rlﬁ he8lfiT§t #P%e° déRBIPASAl il nor
i nt rodUefhgy ehtodbe 1St fhemsegontlencoderetpOnpay he Qordhnated by

t he cobteel tes 248Ps4 n-ay hat_ & .al;i_asi.ng-free.part_of .t he coded audi o
sanpl es, from t hﬁ first t%ﬂrﬁ%ﬂngianlala iag ﬁggfﬁ Fgaﬁgi %C%ﬂ%{)d%fglﬁ@
over | apswit i T He ®87068Ed ‘ddi & sh7p| Bedblypuy byret It agdconchdow or

the stop window of the first encoder, wherein the second

framing rule remains unmodified. In other words, the



WO 2010/ 0( 13563PCT/ EP2009/ 004651 16 encoder 120. The controller 130 can be
further adapted for cross-fading i.e. fading-out one encoder while
fading-in the O her encoder. The controller 130 nay be adapted to start the
second en®EPELYPHS3such that the codi ng warm up peri odGivRBeR/0B65aUdI O
sanpl es overlaps the aliasing-free pHrt of the start wi ndow of the first

time-d j liasi tr (o] encoder 11Q and a subsequent frane of the
secondq{eE}r?l'!(;tor} grle 2(}%%ver nag‘géjvma?%p’f%@ gPFaé‘“i""ﬁ@CBéPE SRckheirnst oboxiwawtbw. | n

ot her WS¥d€ent keechbnerarder r8®dmes.coordi nate the second encoder 120 such,
that for the coding warmup period non-aliased audi o sanples are avail able

fromt qﬁl fi Eﬁéreng‘%d%r. 11[(:) ar}%OMen onlﬁ al i ased audi o sanples are

avai | abl'e PFORT t KE°PRHEEREF me- MomEPREAPE BeF nd 30nt £8dudicngadapoder 440, the
war m ugtgerti deheof fihet setoaddencnderl120i has shershoated andogrcoded; audi o
sanpl ess@he @val | ald e;pl, dihe, o ut _of t cond encoder 120 in a regular
manner . Ehe tg_to?n}g ol I er 1%01%%% f%ar{%e%]gaggﬁt ¢ °Fo 'St theeSEgtnd
encoder’ 120 B\fcH 1%t thet o dF fgondr arepderer 128 oliar baps rwisdrdshe il i asi ng
part oferbheistart wihdowcohtrdhisr enodi nant , s giping the oy,%g;@% rt,

al i aseg audi.q sanpl ai_lable fromthe output of the first tine
domai n al i as| ng igﬁtoﬁgagg?ng\ferifgloedécrwolfﬁ’,mgﬁ(fsat %hesctﬂﬁ RS ingie ssecond

encoderr P20 ERESEH BbEi sesampl excedet hiss Wardadimyier ivad, L arah; MRy -

exper i epcémanliyneneased, quast i zaki NS, ”@é_{l}ug%%‘é%ié!gﬁ%g% ;I%;llgv:%t\l\ﬂ)

controll.er y _still_ be. adapted for nrfl oo
sub- opttilﬁngl deé%eaggogzaaﬁﬁa?olggﬁgg’ﬁﬁégg dErFPEeant b erFap fpeedodn. 1Im furt her
enbodi RERES t ABPediarsid,er th80 canmt bel farr t Nexo adapt edef ofasidLhidg from

the fikcsbsencadeng 18QckBehespoRrse Lo & different gharacteristjc of the
audi o sanples anﬁ for rmgiflf ying the s?ecg{nkgjgfrsgr%%ﬁé r@ur}cewleerf riggoﬁé’éi to
switchi'ng Frontthe 1315t 16 fdeddnigish arFadengli®t roduci ng encoder 110 to

t he second encoder 120 or for nodifying the start wi ndow or the stop w ndow

of therhirstrencRders V\/@%eifr%gg rl% fram ng, rul e remai ns unnodi fi ed.

In other wards,  the WO 2010/ 003 6 3P0 EBI006) 0Bkbeiing  iftrodusing
éncoder 110 may comprise an AAC encoder according to Generic
Coding of Moving Pictures and Associated Audio: Advanced Audio
Coding, International Standard 13818-7, ISO/IEC JTC1/SC2%/WG11

Moving Pictures Expert Group, 1997.

In embodiments, the second encoder 120 may comprisge an AMR-WB+
encoder according to 3GPP (3GPP = Third Generation Partnership
Project), Technical Specification 26.290, Version 6.3.0 as of
June 2005 “Audio Codec Processing Function; Extended Adaptive
Multi-Rate-Wide Band Codec; Transcoding Functions”, release 6.

The controller 130 may be adapted for modifying the AMR or
AMR-WB+ framing rule such that a first AMR superframe
comprises five AMR frames, where according to the above-
mentioned technical specification, a superframe comprises four
regular AMR frames, compare Fig. 4, Table 10 on page 18 and
Fig. 5 on page 20 of the above-mentioned Technical
Specification. As will be further detailed below, the
controller 130 can be adapted for adding an extra frame to an
AMR superframe. It is to be noted that in embodiments

superframe can be modified by appending frame at the beginning



controller 130 can be adapted for sw tching back and forward between the
two audi o encoders. |In other enbodi nents the controller 130 can be adapted
to start t rst ti me-domai n aliasing introducing encoder 110 such that

the alias ﬁ&"llﬂr”@eqﬁpart of the stop wjndow overlaps wi PRIEREFPUM of t he

second encoder 120. In other words, T n enbodi nents the controller nay be

adapt ed .t @ ¢r Qss-fades hat ween d he;, qut pui s &f:ar'nﬁ?g ¢ aralggcgrggr 3\,3' wel nI y

enmbodi meNnts, the output of the second encoder
sub- opPENBRF§EAcHUede jene! 9£|aa§é@e§§dﬁﬁesanples fromthe first trne
domai n alrasrng |ntroducrng encoder 110 are faded in. In other enbodi nents,

t he cop oII ed for ross f adj a of the
second e coder %%% and” non i ased“rranes bf & B ﬁEoS%% %g
enbodi ABAPELING h&nFPAsH tﬁq?é‘-@@on@f n aadilas i segn Letsr. odﬂm ngudmoodmcoﬁla@ rray

conpri sgoaBoAAE: 886 0der i BEEOF dhadabRa eNeri £ i res_and
Associ %%?d Aﬁgr 0: Advance Audi o Cod{:r}l , Int%%t%nﬁd%ﬁr%%e?oge 18- 7,

| SO | ECPITETF SEI8PEIT Mt Mg BRI’ e8! Bk plehtS ‘G MRP I 9o Aomainentfé&i ment s,
t he sefondtehtodedon2in n@ym;mrpgrsretmﬁu@\ﬂﬁgm&hoemodemamardr Ifg ris@ 3GPP

(3P TrIRihg Generals oncBast nersdip BRol eftbeofeqnniel SeRei Llgatl on

26. 290, Version SO as of June 2005 rocessin unctron

Extend@8°ﬁ8§5t|% MUEET S8 e- STBRE ERAT Cod e CoORhNSESWIARY Funét i des™
rel easeée6odThe sotts oﬁmléﬁsmrﬁmy becaspiashdiatg ragifi . n@ﬁehe@w%dor
AVR- \B ng ul ugh A4St uperfrane 0 es five AMR
franesae&%ggg gégkrﬁ?%g% d£$%% odé*ﬁ% ned echﬁ?@%f i gg?ron a
super f FARBLEEMPAFsds Flima eWTaTUBAI\/F@W%FﬁTEBUH@@npaﬁe ap:ngo 4samT>dt@Ise 10 on

gage_%guaﬁﬁeEmgré O&hﬁagﬁefﬁh&ﬁ &ébgdébprﬁgﬂgﬂFhOﬂﬁddIgﬁgﬂéﬁ?:seCfgg b
peci fi .on. Wi e fur et ai e controller can be
adapt eégs}déggddﬁa a% Leita ?%a%etﬁe%?rm%l\ﬁ?%(ﬁ%eﬁ Jr]7‘:"0rré“"“3’ltc“?fs’fe’tsé’oﬂilrg not ed
that ifoemodiarenest sepaebeatetian bé rodidbed yf appendi rpdaeamerat the
begi NNaR@io samples, where the number is equal to the predetermined

frame size number of audio samples.

The audio decoder 150 further comprises a controller 180 for
switching from the first time domain aliasing introducing
decoder 160 to the second decoder 170 based on an indication
in the encoded frame of audio samples, wherein the controller
180 is adapted for modifying the second framing rule in
response to switching from the first time domain introducing
decoder 160 to the second decoder 170 or for modifying the
start window c¢r the stop window of the first decoder 160,
wherein the second framing rule remains unmodified.

According to the above description as, for example, in the BAC
encoder and decoder, start and stop windows are applied at the
encoder as well as at the descoder. According to the above
description of the audic encoder 100, the audio decoder 150
provides the corresponding decoding components. The switching
indication for the controller 180 may be provided in terms of

a bit, a flag or any side information along with the encoded
frames.



WO 2010/ 003563PCT/ EP2009/ 004651 18 or end of any superfrane, i.e. the
framng rules nmay as well be nmatched at the end of a superframe. Fig. Ib

shows an enhodi ment of an audi o decoder 150 for decoding encoded frames of
audi o sanpPé%HE audi o decoder 150 conprises a fi r sECTEROYBHATIN al i asi ng
i ntroduci ng decoder 160 for decodi nd audi o sanples in a first decoding

domai n...Th J i ip.alias] intr cing encoder 160 has a first
f r ani ngInr u%ren%bg%‘?g{r:%?vﬁ% OWJJE'];<%1%".L(’11E adset S nﬁ%‘éfv. m‘?%e WU o HecBder 150
f ur t herd WPy | S o Waondof Yecbdersigoniny dedddphg faadico sanptesdéd a

second etiedi Bgm@dosri nto Thehsseeqnd dgegder. 17, has;apredeler ”&6}?%5 rame

si ze nuy ersiof au( ir% u%r{pll es ang a gogi n% war m up perjod nunber of audio
sanpl s FUrt Hertbre “HHE 9s SESHE S de ddterc o7 PhaA 3P (it f i ente S@bHE f r ani ng
rul e. AfMe anelwft t Meswtohd deeedewit?0 nee cartaspond ddvwan wegodegd

repr esepirddprnel & Jarber @écécﬁé@l%y?%gée%ggghdad%ﬁ%%d%?‘Wﬁ’a%ﬁére the

nunber is equal to the predeterm ne rame size n er of "audi 0 Sanpl es.

The audi®d dERLHTIAS0PEr tTHES tcofPrPdRsd AreBat reitlerthBo step swindd ng from
the fi ngtert iave chormlimeal frasiend § Nty dskicdarpdier agdert Hb 0s d @bridies sesand

decoder; 4170 d on_an indi.gati i.n.£he encoded frane of audi o sanples,
wher ei n17'30He 2@?\%0??3? 1§%gﬁag%ad§{p%éendséogﬁer¥odi i ng°t he a?@é’%ﬁg frgfing rule
in respofdEogmeREt dhiengt ¥5m Ehamei £ot thiemet demedioma int r bdsedngndeooder 160

to ;he jse@mf ]Eisenmle(rj( IﬂbgTor':fqrnv@@m ief yﬂqﬂjtgfh)t hgnat/@gt fﬁMeﬂd?WrQ"cl tihg, St op

w ndow t.ne first. decoder 160 erein the con ram ng rul e renains
unnodi fc%erncflgAc%%%%%Jh%get o't ﬁgégﬁ%{}% d%§c?%leﬁti30§§a§?nf d¥€ ex4ABEEY iTP% he AAC
encoderad@int id¢ic cer IMBERr siand tst dpien ndovis ane/appkied atr thwsdehicatler as

vel | aswizd handgeedescopocer dhag {0 dlienabaysedesqription olodhe qudio
encoder 10&,6# 2)% audi o decoder 150 provi des the correspondi ng decodil ng
s. Th

corrpone%r St chi ng indication for the controller 180 may be provi ded
internms of a bit, a flag or any side information along with the encoded

frames.;n Wo,20404003563R&L EP2009/ QA4651449. 1 1 aliasing introducing
decoder 160 can be adapted for utilizing a start window and/or
a stop window having a aliasing-free or aliasing-free part.
The first time domain aliasing introducing decoder 160 may be
further adapted for using a stop window having an aliasing-
free part at a rising part of the window when the preceding
frame has Dbeen decoded by the second decoder 170 and/or the
first time domain aliasing introducing decoder 150 may have a
start window having an aliasing-free part at the falling edge

when the subsequent frame is decoded by the second decoder
170. '

Corresponding to the above-described embodiments of the audio
encoder 100, the controller 180 can be adapted to start the
second decoder 170 such that the first frame of a sequence of
frames o©of the second decoder 170 comprises a decoded
representation of a sample ©processed in  the preceding
aliasing-free part of the first decoder 160. The controller
180 can be adapted to start the second decoder 170 such that
the coding warm~up period number of audio sample overlaps with
the aliasing-free part of the start window of the first time

domain aliasing introducing decoder 160 and a subsequent frame



I n enbodi nents, the first decoder 160 may conprise a tinme domain
transfornmer for transformng a first frame of decoded audio sanples to the
time domain. The first time donmain aliasing introduci n% decoder 160 can be
adapt ed fBF 2GR ng the first decoged frame with t h&CIERPOUPR4EHow when a
subsequent frame is decoded by the f8cond decoder 170 and/or for wei ghting
the fir 0 fra Nt st op.w ndow when a preceding frame is to
be deco?j%dgﬁgé\/ g%goggcgﬁg%%goggg PYEIITRE AR ddifai ¥ ki gPaes eBin be
adapt edti®rstqransifistoni-ng the first frame to the tine dommin based on an
inverse MDCT (I MDCT = inverse MDCT) and/or the first tinme domain aliasing
i ntrodugin ecoder, 160 can be adapted for adapting an | MDCT size to the
start a%a/ gttggfopeng)rwﬁﬁ‘&i“fiﬁed Yitar torhE? bkest 350w Frdowse 1avBOT<si zes Wi l |
be det attadk f thehesediglowdetodenbddionestsh tdmutf i €86 tdoma ndonpk Ay al) asi ng
i nt rodugd s deqnder, 16Q ¢an,. he for utilizing a start w ndow and/or
a st op%gvi ndow havi r?é)%a al | as?ng-??%éﬁgq p%rltasol n&-%fer géaﬁ r¥IO9R% first tine
dormai n aliasing introduci ng decoder 160 may be further adapted for using a
stop w hdowtied ngmadbdaheass ngftiee padic@ati @41 9gg Rart gL the.w hdow when

the pr ' f n.decoded by the second decoder 170 and/or the
first S%%%gjrmflr n aih_{%%hgggi gf?%dgg?nﬁga%%da?cﬁ%r nafP ha® et e sERF$t wi ndow
havi ng #Fi9tasiAf- fireerpapense tthe fal ling cedgenwherort he hsubseguest f rane

i s decodesl bysthprsecend dacodgrsldd; spondi above- descri bed
ship der log%nﬁgggon%r%r{zgr%g%%bﬁ nrﬁéead]arbt ed to

enbodi n%nst scmosfe t.he augi %.enc%
start the second dedddér 190t EaRhthRab ErR f 122009 % ald ofc -k qiisrite of
frames dfcadwr séedndrdetoderodiBytogprireessaadecodedoepsesentat d of a

sanpl e p1GeRsSeH kRet e i | § asi ngg pact of the first. decoder
160. The control | er 1%%&%%5&%%@% pgg%égfntﬁéesesg&?&dde TUEr 970 such
that tHe 'Codi g2 ha? maBopefied- ndiser L bfiawel o saapl overbapsed tin t he

al i asi e par t£iofg t e Istardr vimdon @f 1 hes fidistod | B HoNRivY alHasi ng

i ntrodugin@de¢eder 160 and a subsequent frame WO

2010/ 003563PCT/ EP2000/ 004651 20 of the second decoder 170 over| aps with
the aliasing part of the stop window. In other enbodi nents, the controller

180 carlrberadapitretto shar tohbeo 5EEONDs desadease 179 such dhat, £he godi ng

war m upsspeld od aveg | i he aliasing part of the start w ndow. In

ot her enbodi rr,ent,s,étxﬁ%s%\g%%?%‘% &t 18 r?:%%{:jg%gfﬂ??‘ﬁ%?r adapt 4 ort Wi t chi ng

from t H&'S o dec ddéit F70 the tsherf ivistdodie coterl apB0 vl hr esfonse tf an

i ndi cattiten sframdt Heceagpder audi o sanpl es and for nodifying the second

framng rule in response to switching fromthe second decoder 170 to the

first decoder 160 or for nodifying the start wi ndow or the stop w ndow of

the first® deEvdderl1e60,1 8khearei et helagecohd dr amppliy imd e rerm nsagimdi fied.

The i ndicaatelcan dBysd8Previ fedhd D Ler B0l FLag @ L9 any side

i nfor rr%{.ifc%% al gng , wi tcp t he gncoded rarr%g I'n %ﬁg%ai rr%r'f&)sl,est h%ycgcﬁ‘ter ol I er

180 can be 5&5& e T St t FERERFTPRTC ¢ i meedoRen @l aisi A§0i neamdirsi ng

decoderdEpGesudlort Hatethénabg asi ngl paginfid hen stopwinrdewever aps W th a

frame eftathe §§CQHQ3¢G%QHSBw1ﬁ9xm1 a decoded frame of the second
deceder 170 and the controller 180 can be adapted for reducing

the aliasing in the alizsing part based on the aliasing
determined.

In embodiments, the controller 180 can be further adapted for

discarding the coding warm-up period of audio sampies from the
second decoder 170.

In the following, the details of the modified discrete cosine
transform (MDCT = Modified Discrete Cosine Transform) and the
IMDCT will be described. The MDCT will be explained in further



The controller 180 can be adapted for applying a cross-fading between
consecutive franmes of decoded audi o sanples of the different decoders.
Furthernore, the controller 180 can be adapted for determ ning an aliasing
in an al i ¥9%Y493%¢ of the start or stop wi ndow from PAEFEHSMOFBEAND of the
decoder 170 and the controller 180 dn be adapted for reducing the aliasing

in the Itiaa inq ga[tb bgs$d OE tBe aliasing determ ned. |In enbodinents, the
cont r ol TP 188> ¢8n B8 PGHPhEF LASpPERAFEPNTI SEhvel Fafachel e ddigry Wea-m up
peri od 20f- altko wmediplesd f tomctrhe eseconthdecadars 4% kg the e‘&ﬂpégé_ng, the
det ai | s-0f;+he Ikl di scr.etie casi transform ( = Modified Discrete
Cosi ne Tr an%for%ggﬁgg?ﬁe ?)(I%/LS)%EF vm%;?]l %gedegtcyrﬁebe@ NSEF wi F9s e

expl ai iEdTSH OF Br t1REF ~ THO 20003 D0E56 3PTTIEP20081 804658 1 tdptaillv ) wi twi dthe hel p
of the wguatdding onkllustropeed yi i @singar &bpedhe; nodi giteqsdi%csreineeacosi ne
transfqmis ge @ %&-r%la 1r(j]lstcratn.sfor ba%ed' on the type-| diScret e

cosi ne transf rm!iJ DIV s DISTT et e CosPhRE ST adt of mieyFETI Watagiath t he
addi t i SREFepropscayent Béiogds| appedvaxlepred i so designedgt othe perdor med on

consecuialve dil ooks ©fodk | 8b9gE: da% agety r & Suhseguent bl ogks ar
over | a%q%gks_ol,thhat e, %’lat he | ast hal{ _of.wg%eefbjl oc COIPHCCI)geg%\%i t'Hthe first

hal f of the next °bI"0ck TR 8%over &g oni rFoaddia | ore v tdrmpaction

ener gy-torpaéeponfquhki PEBs vékéhet DETMDIBKESpddiey MICE 1@shesiidld Yeor
attractg;weafor cshgpald s GPr i lLications, since jt helps to avoid
artifact ggt enmi nlg from the b ol%%t%%gﬁdarlgég?eThﬁé, ﬁé{h{w s &f%yed in
M3 (MBS FAIRPETRFRSTALRS By Aths lasig houndditg cGodEtu3 , bynDeiteyr) i sOyg

Vor bi s ergAdy#ACIOAME3= AdvRneedraudie Qagenq):)f oraaudi oneogpressjan, for
exanpl eqqLhe sMpGT was, Br o Pringcen, hnson, and Bradl ey 1 n 1987,

fol I owi r?%_earl i er (13?8*2)' \Ao&iid%(gy%si'nc"ienn&a}ﬁég B@'g?ey f§vaageropute MDCT' s
under | YiSRGTBl i AT pRel it qamREedGiian dbraskagpzancel | ati on (TDAC), further
descri bed bel ow. There al so exi sts an anal ogous transform the MDST (MDST =

Modi fi eq .DSIh-DPST .= D.screte § ne JTransform, based on the discrete sine
transfor ﬁyggscz\li\)e‘fdﬁsa?%%oésr@,d r3f el WEER; OPMRSYR t RedvIRIAdsed ion
di f f er éAf 't ypesleviocTe@r 1 Do/ 0578 eonbbniat bpnerinheshaaansabsesbe tysed in

enbodi mertsopy the tiMmmdeMRi dndddAsiNY | PLIQING] D LEansform, .o
aliasing cancellation (TDAC), further described below. There
also exists an analogous transform, the MDST (MDST = Modified
DST, DST = Discrete Sine Transform), based on the discrete
sine transform, as well as other, rarely used, forms of the
MDCT  based on different types of DCT or DCT/DST
cempinations, which can also be used in embodiments by the
Cime domain aliasing introducing transform.

In MP3, the MDCT is not applied to the audio signal
directly, but rather to the output of a 32-band polyphase
quadrature filter (PQF = Polyphase Quadrature Filter) bank.
The output of this MDCT is postprocessed by an alias
reduction formula toc reduce the typical aliasing of the PQF
filter bank. Such a combination of a filter bank with an
MDCT is called a hybrid filter bank or a subband MDCT: AAC,
on the other hand, normally uses a pure MDCT; only the
(rarely used) MPEG-4 AAC~SSR variant {(by Sony} uses a four-
band PQF bank followed by an MDCT. ATRAC (ATRAC = Adaptive
TRansform Audio Coding) uses stacked quadrature mirror
filters (QMF) followed by an MDCT.
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according teo the formula in Fig. 2a.

The normalization coefficient in front of this transform, here
unity, is an arbitrary convention and differs between
treatments. Only the product of the normalizations of the MDCT
and the IMDCT, below, is constrained.

The inverse MDCT is known as the IMDCT., Because there are
different numbers of inputs and outputs, at first glance it
might seem that the MDCT should not be invertible. However,
perfect invertibility is achieved by adding the overlapped
IMBCTs of subsequent overlapping blocks, causing the errors to
cancel and the original data to be retrieved; this technigue
is known as time-domain aliasiﬁg cancellation (TDAC).

The IMDCT transforms N real numbers ¥, .+ Xy-1 into 2N real
numbers yo, ..., yz-1 according to the formula in Fig. 2b. Like
for the DCT-IV, an orthogonal transform, the inverse has the
same form as the forward transform.

Iin the «case of a windowed MDCT with +the usual window
normalization (see below), the normalization coefficient in
front of the IMDCT should be multiplied by 2 i.e., becoming
2/N.

Although the direct application of the MDCT formula would
require C(N?) operations, it is possible to compute the same
thing with only O(N log N} complexity by recursively
factorizing the computation, as in the fast Fourier transform
(FET). One can also compute MDBCTs via other transforms,
typically a DFT (FFT) or a DCT, combined with O(N) pre- and
post-processing steps. Also, as described below, any algorithm
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The transform remains invertible, i.e. TDAC works, for a

symmetric window w, = wWzn3., as long as w satisfies the
Princen-Bradley condition according to Fig. 2c.

Various different window functions are common, an example is
given in Fig. 2d for MP3 and MPEG-2 AAC, and in Fig. 2e for
Vorbls. AC-3 uses a Kalser-Bessel derived (KBD = Kaiser-Bessel
Derived) window, and MPEG-4 AAC can alsc use a KBD window.

Note that windows applied to the MDCT are different from
windows used for other types of signal analvsis, since they
must fulfill the Princen-Bradley condition. One of the reasons
for this difference is that MDCT windows are applied twice,

for both the MDCT (analysis filter) and the IMDCT (synthesis
filter).

As can be seen by inspection of the definitions, for even N
the MDCT 1is essentially equivalent to a DCT-IV, where the
input is shifted by ©N/2 and two N-blocks of data are
transformed at once. By examining this equivalence more

carefully, 1important properties like TDAC can be easily
derived.



In typical signal-conpression applications, the transform properties are
further inproved by using a w ndow functionw, (n =0, ..., 2N1) that is
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peri odi ¢ boundaries "as for a ). i'S omthe identities given
in Fig.hZf. Thus, if its inputs are an array x of length N, inmagine
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above. . |
Similarly, the IMDCT formula as mentioned above is precisely

1/2 of the DCT-IV (which is its own inverse), where the output
is shifted by N/2 and extended {via the boundary conditions)
to a length 2N. The inverse DCT-IV would simply give back the
inputs ({-cy~d, a-bx) from above. When this is shifted and

extended via the boundary conditions, one obtains the result

displayed in Fig. 2g. Half of the IMDCT outputs are thus
redundant.

One can now understand how TDAC works. Suppose that one
computes the MDCT of the subsequent, 50% overlapped, 2N block
(c, d, e, f). The IMDCT will then yield, analogous to the
above: (c-dg, d-cg, e+fg, ertf) / 2. When this ié added with the
previous IMDCT result in the overlapping half, the reversed

terms cancel and one obrtains simply (¢, d), recovering the
original data.
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conbi n%@cor&%dc-Nngﬁ]nd S0 on,_which hav recisely the right signs for the
conbi nattons 1o ¢ n&éh Hﬁ] %ﬁ%}%ﬂ%?%i .practhe), N/g 18 not an
integer so the MDCT is not simply a shift permutation of a
DCT-IV. In this case, the additional shift by half a sample
means that the MDCT/IMDCT becomes equivalent to the DCT-

III/II, and the analysis is analogous to the above.

Above, the TDAC property was proved for the ordinary MDCT,
showing that adding IMDCTs of subsequent blocks in their
overlapping half recovers the original data. The derivation of
this inverse property for the windowed MDCT is only slightly
more complicated.

Recall from above that when (a,b,c,d) and (c,d,e,f) are
MDCTed, IMDCTed, and added in their overlapping half, we
obtain (¢ + dp,cr + d) / 2 + (¢ - dr,d - cp) / 2 = {c,d), the
original data.

Now, multiplying both the MDCT inputs and the IMDCT outputs by
a window function of length 2N 1is supposed. As above, we
assume a symmetric window function, which is therefore of the
form (w,z,zp,wg}, where w and z are length-N/2 vectors and R
denotes reversal as before. Then the Princen-Bradley condition
can be written

w4 2k =(1,1,..)

f

with the multiplications and additions performed elementwise,

or eguivalently



For odd N (which are rarely used in practice), N2 is not an integer so the
MDCT is not sinply a shift pernutation of a DCT-IV. In this case, the
additional shift by half a sanple neans that the NMDCT/| NDCT beco[res
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overlapping half, we / 2 + (c - dRd - cR / 2 = (c,d), the Now, .
nul ti plyi i BECh %t RBAMDET i nputs and the | MDCT out puts by a wi ndow function
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condi tion \iRirhe Mt t.gR %ﬁ%t&p%@cgtgéh% performed elementwise. When
this is IMDCTed and multiplied again (elementwise) by the
window function, the last-N half results as displayed in
Fig. 2h.

Note that the multiplication by 3 is no longer present,
because the IMDCT normalization differs by a €factor of 2 in
the windowed case. Similarly, the windowed MDCT and IMDCT of
(c,d,e, f) yields, in its first-N half according to Fig. 2i.
When these two halves are added together, the results of
Fig. 23 are obtained, recovering the original data.

In the following, an embodiment will be detailed in which the
controller 130 on the encoder side and the controller 180 on
the decoder side, respectively, modify the second framing rule
in response to switching from the first coding domain to the
second coding domain. In the embodiment, a smooth transition
in a switched coder, i.e. switching between AMR-WB+ and AAC
ceoding, is achieved. In order to have a smocth transition,
some overlap, i.e. a short segment of a signal or a number of
audio samples, to which both coding wmodes ‘are applied, is
utilized. In other words, in the following description, an
embodiment, wherein the first time domain aliasing encoder 110
and the first time domain aliasing decoder 160 correspond to
ARC encoding and decoding will be provided. The second encoder
120 and decoder 170 correspond to AMR-WB+ in ACELP-mode. The
embodiment correspcends to one option of the respective
controllers 130 and 180 in which the framing of the AMR-WB+,
1.e. the second framing rule, is modified.

Fig. 3 shows a time line in which a number of windows and
frames are shown. In Fig. 3, an AAC regular window 301 1is
followed by an AAC start window 302. In the AAC, the AAC start
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of MDCTing (a,b,c,d), MXCT (wa,zb, zRc, wRd) is MDCTed with all o
mul tiplications perforned el enentwi se. Wien this is | MXCTed and nultiplied
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are Sh%%@'AkELE'%hcﬁ’gﬂ;g¥¥%éwagt;g ¥t£g£¥!ame égo is comprised of
five frames instead of four. Therefore, the ACE data 314 is
available at the decoder, while the AAC decoded data is also
available. Therefore, the first part can be discarded at the
decoder, as this refers to the coding warm-up period of the
second encoder 120, the second decoder 170, respectively.
Generally, in other embodiments AMR-WB+ superframe may be

extended by appending frames at the end of a superframe as
well,

Fig. 3 shows two mode transitiocns, i.e. from ARC to AMR-WB+
and AMR-WB+ to AAC. In one embodiment, the typical start/stop
windows 302 and 304 of the AAC codec are used and the frame

length of the AMR-WB+ codec is increased to cverlap the fading
part of the start/stop window of the BAAC codec, i.e. the
second framing rule is modified. According to Fig. 3, the
transitions from AAC to AMR-WB+, i.e. from the first time-
aliasing introducing encoder 110 to the second gncoder 120 or
the first time-aliasing introducing deccder 160 to the second
decoder 170, respectively, is handled by keeping the AAC
framing and extending the time domain frame at the transition
in order to cover the overlap. The AMR-WB+ superframe at the
transition, i.e. the first superframe 320 in the Fig. 3, uses
five frames instead of four, the fifth frame covering the

overlap. This introduces data overhead, however, the
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130, 180 can be adapted for deciding based on different

criteria, as e.qd. stationarity, transience, spectral

whiteness, etc. In the following an example criteria is glven
as part of an embodiment. Specifically, a voiced speech is
illustrated in Fig. 4a in the time domain and in Fig. 4b in
the frequency domain and is discussed as example for a guasi-
periodic impulse-like signal portion, and an unvoiced speech
segment as an example for a noise-like =signal portion is

discussed in connection with Figs. 5a and 5b.

Speech can generally be classified as voiced, unvoiced or
mized. Voiced speech 1is quasi periodic in the time domain and
harmonically structured in the frequency domain, while
unvoiced speech is random-like and broadband. In addition, the
energy of voiced segments is generally higher than the energy
of unvoiced segments. The short-term spectrum of voiced speech
is characterized by its fine and formant structure. The fine
harmonic structure is a conseguence of the guasi-periodicity
of speech and may be attributed to the vibrating vocal cords.
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certain frequency band or several certain frequency bands are
considered to be noisy and other frequency bands are
considered to be tonal. In this case, a certain Ttime portion

of the audio signal might include tonal components and noisy
components.

Subsequently, an analysis-by-synthesis CELP encoder will be
discussed with respect to Fig. 6. Details of a CELP encoder
can be also found in “Speech Coding: A tutorial review”,

Andreas Spanias, Proceedings of IEEE, Vol. B84, No. 1G, Cctobker
1994, pp. 1541-1582. The CELP enccder as lu

VVVVVVV i1 u; trated in Fig. 6
includes a long-term predicticn component 60 and a short-term
prediction component 62. Furthermore, a codeboaok is used which
is indicated at 64. A perceptual weighting filter W{z) 1is
implemented at 66, and an error minimization controller is
provided at 68. s(n) is the time-domain input audio signal.
After having been perceptually weighted, the weighted signal
is input into a subtractor 69, which calculates the error
between the weighted synthesis signal at the output of block

66 and the actual weighted signal s.(n).



31 Generally, the short-termprediction A(z) is calculated by a LPC
anal ysis stage which will be further discussed bel ow. Depending on this
information, the long-termprediction AL(z) includes the long-term

predi ct i OWOFAIWH5End del ay T (al so known as pi t ch gaiPeTHRAIPPYEH del ay) .
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synthesis I'M the CoRtT ol l&rs 136”&%0} He HESor @'ng e BFBBHF meHt s an
analysis-by-synthesis CELP and that embodiments shall not bhe
limited to the structure shown in Fig. 6,

In CELP, the long-term predictor is often implemented as an
adaptive codebook containing the previcus excitation signal,
The long-term prediction delay and gain are represented by an
adaptive codebook index and gain, which are also selected by
minimizing the mean square weighted errcr. In this case the
excitation signal consists of the addition of two gain=-scaled
vectors, one from an adaptive codebook and one from a fixed
codebook. The perceptual weighting filter in AMR-WB+ is based
on the LPC filter, thus the perceptually weighted signal is a
form of an LPC domain signal. In the transform domain coder
used in AMR-WB+, the transform is applied to the weighted
signal. At the decoder, the excitation signal can be obtained
by filtering the decoded weighted signal through a filter

consisting of the inverse of synthesis and welghting filters.



Fig. 7 illustrates a nore detailed inplenentation of an enbodi nent of an
LPC anal ysis bl ock. The audio signal is input into a filter determ nation
bl ock, which determnes the filter information A(z), i.e. the information
on coef f i ¥PSMIEY6t the synthesis filter. This infor mBETER21080¢6EHNt i zed and
output as the short-term prediction¥nformation required for the decoder.
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al I. Comi W@ BHERYPS the enbodi nent shown in Fig. 8a, tAME/Erodivbiesl st op
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Therefore, in the following, some details with respect to
windowing, in gerieral, will be introduced.

Fig. 9 depicts a general rectangular window, in which the
window seguence information may comprise a first zero part, in
which the window masks samples, a second bypass part, in which
the samples of a frame, i.e. an input time domain frame or an
overlapping time domain frame, may Dbe passed through
unmodified, and a third zero part, which again masks samples
at the end of a frame. In other words, windowing functions may
be applied, which suppress a number of samples of a frame in a
first zero part, pass through samples in a second bypass part,
and then suppress samples at the end of a frame in a third
Zero part. In this context suppressing may also refer to
appending a sequence of zeros at the beginning and/or end of
the bypass part of the window. The second bypass part may be
such, that the windowing function simply has a wvalue of 1,
i.e. the samples are passed through unmodified, i.e. the
windowing function switches through the samples of the frame.

Fig. 10 shows another embodiment of a windowing seguence or
windowing function, wherein the windowing sequence further
comprises a rising edge part between the first zero part and
the second bypass part and a falling edge part between the
second bypass part and the third zero part. The rising edge
part can also be considered as a fade~in part and the falling



A *
next wi ndowSequenceSHORT W NDOW el se { nextmqndowssquence L ONGAY NDOW 1A$E§
Bl ock Swi tchi ng based on ACELP Swi tching Decision */ if (next frame5lls35
( nextw ndowSequence = SHORT W NDOW WO 2010/ 003563PCT/ EP2009/ 0046 32
/* Bl ock BfPEMOHY3 based on ACELP SV\£4tChI ng Deci si on fREIT/AFE@R/oWcADON

*/
edge part can be ceonsidered as a fade-out part. In
embodiments, the second bypass part may comprise a seguence of

cnes for not modifying the samples of the excitation frame at
all.

Coming back to the embodiment shown in Fig. 8a, the modified
stop window, as it is wused in the embodiment transiting
between the AMR-WB+ and AAC, when transiting from AMR-WB+ to
AAC is depicted in more detail in Fig. 11. Fig. 11 shows the
ACELP frames 1101, 1102, 1103 and 1104. The modified stop
window 802 is then used for transiting te BAAC, i.e. the first
time domain aliasing introducing encoder 110, decoder 160,
respectively. According to the above details of the MDCT, the
window starts already in the middle of frame 1102, having a
first zero part of 512 samples. This part is followed by the
rising edge part of the window, which extends across 128
samples followed by the second bypass part which, in this
embodiment, extends to 576 samples, i.e. 512 samples after the
rising edge part to which the Ffirst Zero part 1is folded,
follewed by 64 more samples of the second bypass part, which
result from the third zero part at the end of the. window
extended across 64 samples. The falling edge part of the
window therewith results in 1024 samples, which are to be
overlapped with the following window.

The embodiment can be described using a pseudo code as well,
which is exemplified by:

/* Block Switching based on attacks */
If{ there is an attack) {
SHORT WINDOW;

nextwindowSequence

}
else {

1

nextwindowSeguence LONG_WINDOW;
1

/* Block Switching based on ACELP Switching Decision */
if (next frame isg BMR) {

nextwindowSequence = SHORT WINDOW;



if (actual franme is AMR & next frame is not AMR) nextw ndowSequence =
STOP_W NDOW 1152; /*Bl ock Switching for STOPSTART W NDOW 1152*/ if

(nextwi ndowSequence == SHORT WNDOW f if (w ndowSequence ==

STOP_ W NWT%@?F“( . Wi ndowSequence = STOPSTART W NDORETEBR09/¢84piing back to

t he enbodi nent depicted in Fig. 11, fhere is a tine aliasi ng fol ding
section within the rising edge part of the w ndow, which extends across 128
sanples. Since this section overlaps with the last ACELP franme 1104, the
out put of/*t K& OAGESPif FRABY 1289 arn PEHISe dwfidichtinge Dakt asbngrogancel | ati on
in the gice mgnedge 1 part ~/The aliasing cancellation can be carried out in
the ti rreicprr(ai n ot i.n the.fre@éjency domain, in line wth the

above- descr i BEFExahpfBE. 18 PGt Her Regtid< ramiee i6unptt A¥R) t he | ast ACELP
frame may hbextwansbebagdetoethesTorequenmoy damai;:n and then overlap with the
rising edge part of the nodified stop window 802. Alternatively TDA or TDAC
may be applied to the |last ACELP frane before overlapping it with the
rising edge part of the nodified stop wi ndow 802. The above-descri bed
embodi neftelredusestthengves hesrb memaratetinaty thestyansitions. It al so
renoves the.ne - i fications he framng of the tinme domain
coding, i. e.,ﬂt ﬁgéggﬁéﬁgg?’?%%enngcer m“egi‘i@f*}&pﬁ&%@?"? 4l so adapts the frequency
domai n codef?f i(WendewgegiercelorraiSTCR WASDAY inbepduci ng encoder 110 (AAQ),

which is usually more flexibieediidr o (abpBihgs! Liogabh opy and number of
coefficients to transmt than a tine donmin cocpier, I.e. - ]he ‘second encoder

120. WO 2? 0/ 003563PCT/ EP2009/ 004651 36

Coming back to the embodiment depicted in Fig. 11, there is a
time aliasing folding section within the rising edge part of
the window, which extends across 128 samples. Since this
section overlaps with the last ACELP frame 1164, the output of
the ACELP frame 1104 <can be used for time aliasing
cancellation in the rising edge part. The aliasing
cancellation can be carried out in the time domain or in the
frequency domain, in line with the above-described examples.
In other words, the output of the last ACELP frame may be
transformed to the frequency domain and then overlap with the
rising edge part of the modified stop window 802.
Alternatively TDA or TDAC may be applied to the last ACELP
frame before overlapping it with the rising edge part of the
modified stop window 802.

The above-described embodiment reduces the overhead generated
at the transitions. It also removes the need for any
modifications to the framing of the time domain coding, 1i.e.
the second framing rule. Further, it also adapts the frequency
domain coder, 1i.e. the time domain aliasing introducing
encoder 110 (ARC), which is usually more flexible in terms of
bit allocation and number of coefficients to transmit than a

time domain coder, i.e. the second encoder 120.

In the following, another embodiment will be described, which

provides an aliasing-free cross fading when switching between



the first time domain aliasing introducing coder 110 and the second coder
120, decoders 160 and 170, respectively. This enbodi nent provides the
advant age that noi se due to TDAC, especially at low bit rates, in case of
start-up WP 2H08E6hrt procedure, is avoi ded. The advafCag®2008/0@6H eved by
an enbodi ment having a nodified AAC%tart w ndow without any tine-aliasing
on the gy ght. t the falli edge part of the w ndow. The nodified
start V\E%%O\%vlgg{at%%%-gﬁ%ﬁépriag 'Sﬁg‘aw,mttﬁépupéflgt edeirghtl haatd othe he
fal | i ngSeerRpe papeesf 12 windose f$ nilshesaref ane, t he £10dding. /oI Nt pf the
MOOT. GefisefiueM Yprbheqw ndow i gqtinesaliasing free. At the sane tine, the
over | apereeqéiorl&canpb reduced by en%gg?%én@agomﬁofse&fs%ednﬁloes’r%gt ead of
128 sanpiies I mYeodiferits IHEudid @fcodef 108rorup her andresdecoder 150
may t akirecasbitteai n itsi neviodtierie behsg hﬂv@n’@@%&mnggt and; stabl eftaéne. I n
ot her Woklsy: nfdhii NGt he, start - [ f e tine domain co , 1.e. the
second encoder. 120 and al sag %.gggggédgﬁ?\cﬁ?@, AR PN t M hPstr edf red in
order toi§TAiAEAPIt G eXBRPFEIDE heagsseldd cilent §adling kBGe lgar@r der to
snoot h the enndowi n Tase mfdir@set , skArempdigent s, the t_part of an
AMR- VB, i nout ~ siygnal ; ey be windowed with a shorfissi, %e é\ﬂgﬁdso%“%?tlﬁﬁe
encoder 120, 'fof exanpl e, havi-dg“aA%&hgtH of"B4Lgdipres edper tieertnooe, the
| eft pdilt® of indev syfiiriedies shefate mayebervididapedowhth dhesamsignal at
the secosithedeeadel, 14Q.e | p:itdds ay..the rred sine w pdow can be applied
si il arti&ge AAC, ag{p{#i ng the Squar e&lgr!éngigggtlﬁg rifgit pabt 8 ita¥sstart
wi ndow. Usi’'ng thi’d W iHowfRYC"i A*AnPenbodiaaht by t ebedamsits atovr arg AAC to
AVR- B & @nmpéecat npedadutt wizdhaudmptliese- al i asi ng and can be done by a short
cross-fade sine window as, for exanple, 64 sanples. Fig. 12 shows a tinme
line exemplifying a trapsition from AAC to AMR-WB+ and back to AAC. Fig. 12
A KA

shows an' TG nBBR 228101 orFetRd RO tde HMR-MBH patdcdk03 150

over | appgimdgakiet b thetAAC windowe 1204 wacthovel |a?‘pg9é%r{é39%%é%2s%églvéhi ch

ext ends+360S$ 164 +$appl The, AVR- part is followed by ~stop

wi ndow 1205. over |tapgip r@ﬁs'l%fgﬁﬁpm%és SERAO 25R0PEEASE3PET P2 3G9/004651
37 AccOFOPhg €89 Fg. 112; the eaabedi nemtodeppl ids de alespactd W coder

al i asi igof.r e wendownorn itde i&ansiduiioraf raom A4G.Lo s YBr,  Flg. A3

di SPl 25 e modi i ol Start, W ndov?;l e oo o WL CLPERG: g from
AAC to AVREVIBY on both sides at tte ¥hcoler 100 AfER heo devodsh %@, the
encoderTI?d afd afe detodesetih0inr espectimeeky, Ehe wigmowgepi stednin Fig.
13 showsiRt-Wat thputi ESgnZermapapt LS AQLRr t i ndow starts right
away with the rgr;séon%q:nmed%% pa?;, whi ch ex?gnggggcFo:sy‘sal%f&flggnﬁllé’??wi .e. the
folding axis is 17 tHe nitddl et®F tHE™US4 | hedival ahovendih Ficg. €3. The
symet PFTR%ES- | Surkbaroare he thieghtehandast deroftidesil2debnt el ghs 1 As can

be seenalr o Rithdddad t Reet hickd p tends_.to 512 sanples, 1.e.
there h§,no Ali gﬁl ng at the ci ghtzs-eingandg%%?fi(ofnt hteheen???%nali RE6RASF. e. the

bypass pait ext eAds fFom t heScetiEdradh sheebegintvmgceh the B4psaapl e

i ntervatmilar cam &G0 dmpleeny tthat ddverbal lsiing edgenpakt gt gods geross 64
sanpl estspsoyiding 4he advantage that the cross-over sec?i on"is narrow. The
64 sanple interval is used for cross-fading, however, no aliasing is
present in this interval. Therefore, only | ow overhead is introduced.

Using this windowing, in an embodiment, the transition from
AAC to AMR-WB+ can be carried out without time-aliasing and
can be done by a short cross-fade sine window as, for example,
€4 samples. Fig. 12 shows a time line exemplifying a
transition from AAC to AMR-WB+ and back to AAC. Fig. 12 shows
an AAC start window 1201 followed by the AMR-WB+ part 1203
overlapping with the AAC window 1201 and overlapping region
1202, which extends across 64 samples. The AMR-WB+ part is

fellowed by an  AAC stop window 1205, overlapping by 128
samples.



Enbodi nents with the above-descri bed nodified wi ndows are able to avoid
encodi ng too much overhead information, i.e. encoding some of the sanples
tw ce. Accordl ng to the above description, simlarly desi gned wi ndows may
be appl i €493 %ﬁ 1y for the transi gl on from AMVR- \B+PEEERNEIUAEDr di ng t o
one enbodi rrent wher e nodi fyi ng agal t he AAC wi ndow, al so reducing the
overlap to 64 sanples. Therefore, the nodified stop window is |engthened to
2304 sanples in one enbodi ment and is used in an 1152-point NMDCT. The

| ef t - hAREOPAFET oft Ot HELdn nddw Gae bembprdienaritmearmih] s ngher ee dpe drdgienni ng

the fadeibBinftered heirMGT Jrokdicng raxkse i b PEARTAMONTS A ERKI Ng the
first zero part larger than a quarter of the entire MDTC size. The

conpl enentary square sine windowis then applied on the |ast 64 decoded
sanpl e§ight tlke d1\WP120$0/£0G3563RCT/eEP200:97/:0 04651038 Miﬂ\BisS%L@lmﬂted These

two cresenf ade:indows pesmit t th tr nfromAIVR-V\B+to
ARC by Iimtin tl he \g\s/er head %Atrcgngﬁl t%}e%r@%f or{lmtei‘i%(sjdn =S4 It&& rates a

wi ndow®PGP9Ehe 140andnti drivs r BRFARRI VB G0 ARE ﬁ!qqdeifayibé appl | édeat the
encoderetbBesi &0, nraanpecenbediyient . |t can be seen that the folding axis is
after 576 sanples, i.e. the first zero part extends across 576 sanpl es.
This consequences in the |left-hand side of the entire w ndow being

al i asi A§ef Mégdorhaepietad f hdeFsgar £§ ishovhetbetondeqdarser zefot erni ndow,

i.e. afikemch7fpreampkes ok wlmdameétmsdsrld%st »@%)/OME}H h%hég' Q'ngﬁa;“hS o
e W naow Cca en pe

The cr sectl n the risi part ‘of t

narrow%gafaogggt é’n %}f:%%?%? rPngtooSSFnJg)Z faml@ilés 15 -§howéet K& L1ditRdow f or

t he trandstiién lﬁr @rlfq@Alerdeﬁ tof AQE appld ethadrtdie siesadein 150gsi de. I n one

enbodi rm@t sy}ﬁjﬂgty\%nggwsl §35|tqg|elnaror; o-f e, yr% rgpssc{déoeglf ghFl gog such
a hen

t hat app wi ndows t hr ou% the s el ng encode
decoded Sé Ly e8Il 80 P SGBAr 8 el Ui nEl%w ke Fholqhwi f%e psedtio code
descri beseads ervodb hentsagfplaesst ai tew ndewesel ecticonaprasedyr et Waga

swi t chiagnt LOMARC.LE AVRVE, Theseenhadigient s, gan 3159, he, desgribed using
a pseudo coge as, for exanp
from the center to the beginning of the 64 sample

interval. It can also be seen that the falling edge part
extends across 64 samples, providing the advantage that the
cross-over section is narrow. The 64 sample interval is used
for cross-fading, however, no aliasing is present in this
interval. Therefore, only low overhead is introduced.

Embodiments with the above-described modified windows are able
to avoid encoding too much overhead information, i.e. encoding
some of the samples twice. According to the above description,
similarly designed windows may be applied optionally for the
Transition from AMR-WB+ to AAC according to one embodiment
where modifying again the AAC window, also reducing the
overlap to 64 samples.

Therefore, the modified stop window is lengthened to 2304
samples in one embodiment and is used in an 1152~point MDCT.
The left-hand part of the window can be made time-aliasing
free by beginning the fade-in after the MDCT folding axis. In
other words, by making the first zero part larger than s
gquarter ¢f the entire MDTC size. The complemeﬂtary sguare sine
window is then applied on the last 64 decoded samples of the



/* Adjust to allowed Wndow Sequence */ if(nextw ndowSequence == _

SHORT W NDOW ( if(w ndowSequence == LONG WNDOW if (actual franme is not
AMR && next frame is AVR) ( w ndowSequence = START W NDOW AVR: el se(

wi ndowSeqi8RAE/MSSETART W NDOW WO 2010/ 003563PCI AP20 BT BBAWE/ 10467 _
Enbodi ments as descri bed above redud® the generatgd ovgrhead of |nf?rnat|on
by usi | overl lons _in consecutive w ndows during transition.
N%reovgggéﬁﬁgsge eggﬁnéﬁggep 8Vi d& e tadaniagevenre riiiés osi#Rt over | ap
r egi onssmmod hsttifiansdaf on cfepm ABR SOt to tAkC bbockimr atd | fiact Syedhdad t 0 have

snoot h 1a1esmikadyngn s i et ore, it reduces the inpact of the burst of
error due to the start of the tinme domain coder, i.e. the second encoder

120, decoder 170, respectively, by initializing it with a faded input.
Fig. 14 illustrates a window for the transition from AMR-WB+

to AAC as 1t may be applied at the encoder 100 side in one
embodiment. It can be seen that the folding axis is after 576
samples, 1i.e. the first zero part extends across 576 samples.
This consequences in the left-hand side of the entire window
being aliasing-free. The cross fade starts in the second
quarter of the window, i.e. after %76 samples or, in other
words, Jjust beyond the folding axis. The cross fade section,
i.e. the rising edge part of the window can then be narrowed
to 64 samples according to Fig. 14.

Fig. 15 shows the window for the transition from AMR-WB+ to
ACC applied at the decoder 150 side in one embodiment. The
window is similar to the window described in Fig. 14, such
that applying both windows through the samples being encoded
and then decoded again results in a squared sine window.

The following pseudo code describes an embodiment of a start

window selection procedure, when switching from AAC to AMR-
WB+.

These embodiments can also be described using a pseudo code
as, for example:

/* Adjust to allowed Window Sequence */
if {(nextwindowSequence == SHORT WINDOW) {
if {windowSequence == LONG_WINDOW;) {
if (actual frame is not AMR && next frame is AMR) {

windowSequence = START_WINDOW AMR;
)
else(
windowSequence = START WINDOW;
}



Summari zi ng enbodi nents of the present invention provide the advantage that
snoot hed cross-over regions can be carried out in a nulti-node audio

encodi ng concept at high coding efficiency, i.e. the transitional w ndows

i nt r oduceV8rP PR over head in terns of additional infPEAHERIBH0EH be
transnmitted. Moreover, enbodinents eflable to use nulti-node encoders, while
adapt i gl%ﬁase fram n or wi ndowi ng of one node to the other. Although sone

aspect &M pREN 8 sAPHEdPEA veonfeucef the gsparataed, dvertsacl ear
that théserdspeatsonl &g nepnesediiald dessripbi 08g0bnt h@nCQIJrF‘s%Q;QRCI'd%Q
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i npl engptat Is%@oheqwern%eaﬁ:s 19bodi yEeng f H‘@ '“%855?8&989
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usi ng a"4F§Rt 21T orlagi thedi GAfef ol nBR AN e a floppy disk, a DVD, a CD, a
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according ko i@ tiinMeati 0ORuEOHPr s8oai gt acearsher havi Rg.gl e%(j&g%cal ly
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when he COITpUt er

code b Ln ti far _performng, one of
progr afgn%g g} nfgra&’r”g 85%&?@?‘91 %r‘b‘@ff a{‘i‘ﬁ%&é’ tef P&Pedxanpl e be
stored on a machl ne readable carrier. Clher enbodi nents conprise the

conput £1 « B OGH ARAOTa NI S W ARG 98 Ofdhe sEBLhods cdeseribed hegkein, stored
on a nachlne readable car ier.
ratus, it ear that these aspects also represent a

dESCrlpthH 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.

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

computer system such that the respective method is performed.



In other words, an enbodi ment of the inventive nmethod is, therefore, a
conput er program having a program code for perform ng one of the nethods
descri bed herein, when the conputer programruns on a conputer. A further
enmbodi men¥OFP1HI§ESS nventi ve nethods is, therefore, a F&TEP2MPPH63E (Or a
digital storage medium or a conputéP-readabl e mediunm) conprising, recorded
t hereon, the conputer programfor perform ng one of the nethods described
herein. A further enbodi nent of the inventive nethod is, therefore, a data

st r eamSomea sEguEmeatel signalisiy eps et i N0, di1e FHONBAESF i §¥ 0gr &igf.or

erform .one .t.he . ribed herein. The data streamor the
gequen?gggl}ggi él%féfllégnéey ggggigﬁgﬁ‘é' SSaQBﬁﬁFIQEFQGIPé e A Pafsf VS via a

dat a cBRRUNCEREPOR cBANeEPPBRATaELRY exahpl e ai aptdwer dnmiaarinet .coldutretrher

enbodi BRBLeRPNPERSES tRaRl 06LSSIJYY WRBNShe {1054 £X YR ?igeﬁor?é%gfn qs a
progr agrerg%gméggl c device, configured to or adapt eéf to performone of the
nmet hod escribéd herein. WO 2010/ 003563PCT/ EP2009/ 004651 41 A further

enbodi ment conprises a conputer having installed thereon the conputer

D 001 ATehotabeyf of higaOienof (58 TERNOIR.ASSEL’ DAL ORLELA.  LOLSOUE
enbodi nents, a progr amabl e | ogi ¢ device f or “exanpl e a fi'el d 1|3ro Fammabl e
gate a??‘Bé?mﬁ%§ PeTUsRACPBP BT R TREGHR RIOdEIat ofitthe fAneariconalodei es of

the methedpmesem bedddiebeiing |dpeerte veTbogi MpRES ordi b eldheadr 981 amzabl e

gate a y p t i i_croprocessor. in order to performone of
e o h e R B PR e e Bt be g BB PRy B AR ket RuBE  RPe sprErEraSTy
per f or B8 DYFHNAhac@REr erappdicat usxamhécabove stesed bed enbodicmnks ar e
nmerel yrebkbaslséataveidor the principles of the present invention. It is
under stood that nodifications and variations of the arrangenments and the
details described herein will be apparent to others skilled in the art. It
i s t heOthtEnErbpHEReRbY eCompr bre | i t edhmrtier prddrens dape refr fidheingpendi ng
patent oakai &5 amd NpbtRyds hesshReakic detalhs resent ed, by, way of. ..

descri Qggggbﬁgdcggpieelrn_ati on of the enbodi nents herein.

In other words, an embodiment of the inventive method is,
therefore, a computer program having a pregram  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, 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.

R further embodiment of the inventive method is, therefore, a
data stream or a sequence of signals representing the computer
program for performing one of the methods described herein.
The data stream or the sequence of signals may Ffor example be
configured to be transferred via a data communicatfon
connecticon, for example via the Internet.

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



42 Clains 1. An audi o encoder for encoding audi o sanples, conprising: a
first tinme domain aliasing introducing encoder for encodi ng audi o sanpl es
ina first encodi n? dormain, the first tinme donmain aliasi n% i nt roduci ng
encoder h¥Pi?AY83¥frst framing rule, a start wi ndow aR§T&POYPO4FIndow and
conprising a frequency domain transfbrmer for transfoining a first frame of
subseqyent,, audi fr. ency donmmi.n based,on a di.f.i ed

di scre%zge %:%m nel.ot ?gﬁgbgﬁﬁ% io%?npaﬂ’lgs%%on% SHEEHEF F ord H&%dilﬁg&sa&r}ﬁdes ina
second tEREBET nhBofRPRLt e hePsedomd e auker draniingg omeproddether miséadsr ane

si ze nysberiptdandi®isanpl es, and a coding warmup period nunber of audio
sanpl es, the second encoder having a different second framng rule, a frane
of the second encoder being an encoded representation of a nunber of tinely
subseqdentsoaedicobsdnmpess s, t he proglsenmbelaglequal deoithe (nedet@mylred franme

Size nunhieiof Au:AraERLesa and F9Ntig) s {96a Subt ghing fr amphe first
encoder to#ghe second encoder_or vicé versa in response'to a characteristic

of the3uditd 8anplEsFUAREIPHFFobhT yehg tharaiihgds \iaffewhbee tiveestop wi ndow
of thelhirstmencoderditenthe extefteldatrragzannapaet §hes eqfraxt erdy across

afirs n ize. and cr.oss fade starts in a secaond._quarter
of theEﬁ%%Eé?éegg%ﬁt%at %ﬂ@%ﬁcpesss% Ta 31 ﬁécd‘%ﬁs & tpeetr%grwef S%ditﬁ% axi s
rel ati Pethedehe I immt, Waseénn t Heensgedid . frabhag methadmmai rse
unnodi birederad8y 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 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.



2. An audi o encoder for encoding audi o sanples, conprising: a first tinme
domai n aliasing introduci ng encoder for encoding audio sanples in a first
encodi ng domain, the first tine don:,aég al i asi ng i ntroduci ng encoder havi ng
afirst framng rule, a start w ndo nd a stop wi ndow, a second encoder
for encoding sanples in a second eficadnsg domain, the second encoder having
a different second framng rule and conprising an AMR or AMR- WE+ encoder
with the second framng rule being an AMR fram ng rule according to which a
super f rame compriasBsld ourenAVREy angSr t hensedond enavdeP havamgles

predet er m ned,f4an®; 8 ze nunber of audio sanples for the superframe, and a
codi ng war m up period nunber of audio sanples, a superfranme of the second
encoder being an encoded representation of a nunber of tinely subsequent
audi o sanpl es, rikernuithesr BenBgnequaladiag henpredet engl redddeanersize
nunber of audi o sanples;.and a controller..for swtchin romthe first
encoder to tFRFY PRALBAERTBIEYi ¢8 Ferldd St %cscb%ﬁgg S ’hatACt eri stic
of the audi of sespl eiye afwhd 0r @btk $ inqginteodecong ¢nandeay havengnar esponse
to switchin [ L[St coder he . d caqd he
second enco eirrs%)%n %E%mﬁ%léstrugn%doﬁr S%gr%hglgﬁbggtalﬁﬁag :thc% s{]&gég%%rfrarre
at the switciidg ¢teEpaisingr casclirequencsi z@omuhper tsanafidraesanpPes with
conprising acfifs i AMRE T 2R i-8r addibhbon it alhefiiie AMRI{s agBspivkth the
fifth AMR frame respectively overlapping a fading part of a_start w ndow or
a stop w ndov® of NEhe HGFURRE nBOBRHRI R2EFLastThg® MATduEhg eAcbdeF. 3. The
audi o encodego®ine! gramsowher £bm; the first time-domain aliasing

i ntroduci ng encoder 44 conpri sesafrequency domai ntransfornerfor
transformng a first frame of subsequent audio sanples to the frequency
domai n. 4. The sudiml ercadeierof fokai amSodwher esampdes f iinst at | aeedondai n
aliasing int | e i's ted .for i I t he frage with
the start V\n% (gé/]v&%/\ﬁ?l n ra}gsu J{S%’quent ra%ém?’srﬂéfc%g‘t&?B% thlelggg%gnd gcoder
and/ or for veregheiegninedffranefsane BTPeY hel stepliqi paBRlaBhendBlpfecedi ng

frame is to bgyengodedhyd heesacandngisedercr audioc samples, the
second encoder having a different second framing rule,
a frame of the second encoder Dbeing an encoded
representation of a number of timely subsequent audio
samples, the number being egual to the predetermined

frame size number of audic samples; and

a controller for switching from the first encoder to
the second encoder or vice versa in response to a
characterigtic of the audio samples, and

for modifying the start window or the stop window of
the £first encoder to the extent that a zero part
thereof extends across a first quarter of an MDCT size
and crogs fade starts in a second quarter of the MDCT
size go that the cross fade begins after a MDCT folding
axis relative to the zero part, wherein the second

framing rule remains unmodified.



5. The audi o encoder of one of the clains 3 or 4, wherein the frequency
domain transforner is adapted for transformng the first frame to the
frequency donmai n based on a nodified, di screte cosine transformation and
wherein the first time domain aliasing introduci ng encoder is adapted for
adapti ng- a MBCT SUSdq o EHEOSIEaTt ARd/ or ©BEBPIRAC/ oRUADEI f | BIMREAFt and/ or
stop W ndowscontdiesaugi o encoder of one of the clainms 2 to 5, wherein the
first tinme-domain aliasing introducing encoder is adapted for utilizing a

start wi ndow and/or a stop_w ndow having an.aliasin art and/ or_an

ol Fasino- 1 PaFet EiRLaliars aciano i BhECIRCERE ERSHE T Tehs,
wher ei n t he dngeaiing nmeudbeasampl €asiingai dtirsdu Pt deend st adbpt ed for
utilizing a si@agd wirdoysrmntd ol fasip Whndeaudavg ngnesdat i Bsvngy faee part
as a rising gdag mald,ale the i ndoahen, L praceds nge4f apkrds, encoded by

the second en er an al 'l ng edge part en the bsequent frame is
encoded by the second encoder. 8. The audi o encoder of one of the clains 6
or 7, whereia tdeeogent eokbeeri sfadaptecbdngt agampdes 4% secoseicendoder,
such that thendddstg faane:ef i@h?eg@@a]gla %ﬁ‘lcfcfclﬁfeshaﬁfiﬂg}"% S@i:@ﬂ@lr@ﬁr@ode(rj _
conprises an_encoded represent.ati on.o pr.oc e N, LhE ecedi ng
al i asi ng-f resee(b%rF oFé’f“Erelgf irrus]te e‘-ﬁr(jicg)dfa:f3 %pg%gl{ﬁl% a%rgi %ﬁgng}ofde%&%fw %F]e of the
clains 6 or SNCAFRF eii tthe tEENt PBFPRR | SraHER ed 4 sP&AES hels etlbhd
encoder, sucfrdmaigtheleodcagrdaangt up péricdd anusdoesr Of aresldeomganpd €S

overlaps wi tfythe algasi pgahige paile of sbRnat ardnybddow ebiikg fisst

ti me-domain alugS|n 1nt%f%UC|ng encoder %nd t@g su squ;nt Ega gf t he

second encoder® ?/‘—e‘?]ﬁ%e i th3fe &t asiHy™par t°of ° &St RAS Aot = 10. The

audi 0 encodefhof seopersranfe @ngi s GPELNSY, WRHEr 8PN HeEd Cormwerterot s

adapted to si@diotsemspeonda enaosef rameiche t biat sdeonadengodar nbeprnger i od

over| aps m‘tﬁnthgn@$ﬁ@§'n@eB?EEeﬂEaEQSnSt@%t‘ﬁ'“ﬁﬂ%ber of timely
gubgequent audio samples, the number being equal to the
predetermined frame size number of audio samples; and

a controller for switching from the first encoder to
the second encoder or vice versa in response to a
characteristic of the audio samples, and for modifying
the second framing rule in response to switching from
the first encoder to the second encoder or from the
second encoder to the first encoder to the extent that
a first superframe at the switching has an increased
frame sgsize number of audio samples with comprising a
fifth AMR frame in addition to the four AMR frames,
with the £ifth AMR frame resgpectively overlapping a
fading part of a start window or a stop window of the
firgt time domain aliasing introducing encocder,

3. The audio encodexr of claim 2, wherein the first time-
domain aliaging introducing encoder



11. The audi o encoder of one of the clains 1 to 10, wherein the first

ti me-domai n aliasing encoder conprises an AAC encoder according to Ceneric
Codi ng of Moving Pictures and Associ at ed Audi o: Advanced Audi o Codi ng,

| nternational Standard 13816-7, |1SQ#£C JTC1l/ SC29/ WEL1 Movi ng Pi ctures
Expert G oupsoid®@®ilsed?2. dhe Fuwdigoeengodericofaione ofrdmefcfrems 1feo 11,
wherein the e i n AMR éﬁ@ + d rding to
the Third Get?lg%lg |0§Q%§§jt%e(rfg |% g?%]m%ct, tec Sn| aﬁl\&'spaeigi?ﬁ)cg%?qg%,&QZG. 290,
versi on 6. 3.%° ashof fuemesno0s5iona/inA Vet hod for encoding audi o franes,
conprising the steps of: 46 encoding audio sanples in a first encodi ng

domai n ysingr TLESE of Lalid. W cpu phas! Whadawnand, A siob W dow w ndow
and by transformng a jel rst frane of subsequent audi o sanples to the
frequency doemHibaseel FH-RE nodiFIRH TN r SPEEES né St r aASPEFRat F8FR;

encodi ng audi@igerPh@sthd aasecathrenoediimgtHemaitarsiwigidowpreadet esm ned

frame size nupbel of,audio, samyes e%g)d%dcogj:yngt%r %EBOB@'Q&B&QP” of

audi o sanpl es“and*using & d??ferent second framng rule, the frane of the
second encodiig/ eondiar bepaghaAnancedrd flasitesénprei oot &hsunBEPP of

timely subseguedabwawdes saffesadidie fukeribetdgrqualcdded hey the
predeterm ned fra si.ze nunber of audio sanples; switching fromthe first
encodi ng dor‘r%?%oxf‘%e?lﬁcéocg%%bnd encodi ng domain or vice versa; and nodifying
the start wi ndow or the stop wi ndow of the first encoding domain to the

extent that ehZesQaparéntbgeeobrexhends auoss finfd rstofualt Rreobian MOCT
size and cross fade starts in,a secon q%tjaéter of t.he I\é%ngl e js:o that the
i o H

cross fade begFns "AFEEFREYMDEP Y01t n‘gr OT8Fati vE t Zeropart,
wher ei n t he sezontofrang ngheul 8irepaifmengnnipei thed. frequency domain

based on a modified discrete cosine transformation and
wherein the first time domain aliasing introducing
encoder is adapted for adapting a MDCT size to the
start and/or stop and/or modified start and/or stop
windows.

6. The audio encoder of one of the claims 2 to 5, wherein
the first time-domain aliasing intrcducing encoder is
adapted for utilizing a start window and/or a stop
window having an aliasing part and/or an aliasing-free
part.

7. The audic encoder of one of the claims 2 to &, wherein
the first time-domain aliasing introducing encoder is
adapted for utilizing a start window and/or a stop
window having an aliasing-free part as a rising edge
part of the window when the preceding frame is encoded
by the second encoder and at a falling edge part when
the subsequent frame is encoded by the second encoder.

8. The audio encoder of one of the claims 6 or 7, wherein
the controller is adapted to start the



14. A Method for encoding audio franmes, conprising the steps of: encoding
audi o sanples in a first encoding domain using a first framng rule, a
start wi ndow and a stop w ndow wi ndow, encodi nhg audi o sanples in a second
encodi ng domai n using a different setbnd framng rule by way of AMR or
AVR- V\B+ encogi@@@nw thcbhier secead £haoi pger Bl esbeEngmancAMR keguenger ul e

di t h 47 f ANR f d [
B, Lot eat 0T [FATR oot L RIS, LN AT r oo Badaus, no @
super frane ofephessat@ﬂﬂonnoﬁdmngsﬂmmb&npbecagsad emcodes pepreséngati on of
a number of %iggéxnsupgggﬁﬁﬁ% 389'Phéa€P£§§np+98dQP”ber bei ng equal to the

predet er m ne Famne- sl ze of "audio sa SWitching fromthe first
encodi ng domain to the second encodi ng domain or vice versa; and nodifying

the secgnd f+agi pggkyl @andé@SB?”%%et @ S WHL N g of 0 &bevf | {BErEont he
second encodi ng domai n_or fromthe second encoder to the first encoder to

the extent tHae §°PFFetlstipefi paf@tad (T Titichi™y RaSOBR PREPE&Zed frane
si zehnu][rber ghcaudi tsagpé e&dmtdfg C@ﬁ?ﬂhl-ﬁp n@&ﬁdd‘ t AuARrf rcﬂﬂTEaUGJ_laddl tion
to the four ANR ranmes espectiv apping a
fadi ng part Bf"H %?aﬁ?kﬂﬁkgﬁw Hth §F§% %&ﬁ&@ﬁngff P?%E fﬁﬂegé8naln

al i asi ng intsbdntln@mﬂmmMerof15tﬂﬁbnpﬁkestprdqm&mdumamm aapriegiam code

for perfornlgg %gguggggoq?ﬁg ?ggcégg%gggﬁ_g_e £Qgéathog§ runs on

a conputer or processo |ng encod frames
of audio 5anpeggndcgnppdgrngmerlaps w;th the aliasing part of the

stop window.

10. The audio encoder of one of the claims 6 £o 8, wherein
the controller is adapted to start the second encoder,
such that the coding warm-up period overlaps with the

aliaging part of the start window.

11. The audic encoder of one of the claimg 1 to 10, wherein
the first time-domain aliasing encoder comprises an AAC
encoder according to Generic Coding of Moving Pictures
and Associated Audio: Advanced Audio Coding,
international Standard 13818-7, ISO/IEC JTCL/8C29/WGE1l1
Moving Pictures Expert Group, 1997.

12. The audio encoder of cne of the claims 1 to 11, wherein
the second encoder comprises an AMR or AMR-WB+ encoder
according to the Third Generation Partnership Project,
technical gpecification, 26.290, version 6.3.0 as of
June 2005,

13. A Method £for encoding audio £frames, comprising the

steps of:



a first tinme domain aliasing introducing decoder for decodi ng audi o sanpl es
in a first decoding domain, the first tine domain aliasing introducing
decoder having a first fram ng rule, 48 start wi nhdow and a stop wi ndow, the
first decoder conprising a tinme donain transforner for transformng a first
frame of decodeddandidudappiaEpiesthe @i Abrdbnanrodasedionasn 1avedse

nodi fied di S&rﬂ@s@%taﬁlh@a@ﬁﬁ@t mat is@kre 48 rAace cand é;legx@@@rwiﬁaoﬁecodl ng
audi o sanpl es, a se?c{ogy ecodln domai_n ,and th secong oder h@Vlng a
n

or edot or m el FoRieRR FERP LGP TAGE, 6 oSSR
peri od nunberudiocaushnp baspltes, thwe §€@@W@E@@tod@mahavlhgsaddlbﬁer@nt

second frampgsfplea @ileades obodhge sSecQNdr8PgQdesnbei ng an encoded
representation of a nunber of tinely subsequent audi o sanpl es, the nunber

being equal to the predeterm ned franme size nunber of audio sanples; and a
control |l er fencsdinghisngifo ompanmpéelsi r st decoderontd eheocsecgndddesdder or

vice versa b@éﬁqgonaanpf@@é@@%mean EP&m@nCQgEQ frafBeof apdi 9,8a8pl es,
wherein the controlle s adapt.ed fo 1%fﬁ£e start w ndow_.or the

st op mnndOM/%?m?%%sfl ﬂeé%ﬁ%%“iow?ﬁ@ EQtéﬁ? t 5m9§¥o‘ﬁ£r?u@ﬁ8reof

ext ends acrossmalésrahdquaihgr aofdidfifedCE sSemorahdtcanossy f adee st aheés in a
second quartﬂa@é e Wséb&%@%m %ed&ﬁgfé B@qggbeeg{ ngnabhey a MXCT

folding axis relative to zero part, erein_the second f ranlgggrule
r emai ns umnﬁﬁ??%%@nﬁ¢t1%% SGmQJQHE%%%rOﬁor%m%%%n%&F%%Eﬁﬂé $rdhBs of
audi o sanpl esampbapr i siheg: manber sbetinge «hpEl ntal iEds ngrédeéreduthad decoder

for decodi ngsaudi oo 520P) €%, L P éfféu dgggﬂiggldonain, the first tinme

domai n aI|a5|ng i ntroduci ng decoder havin rst framng rule, a start
wi ndow and a stop wi ndow, the first decoder conprising a tine domain
transforner &eftthangféroimnghe ffinst ferameliofy demoded andtbe saapbad to the

ti me domain Q§§§918§ gg%égﬁeéé ﬂgg @é?gadlgﬁ&ete cosine transformation; a
0 eco

second decodér r Ing audi o Sanplés’in second decodi ng donai n, t he
second encoder 49
modifying the start window or the stop window of the

first encoding domain to the extent that a zero part
thereof extends acrogs a first quarter of an MDCT size
and cross fade starts in a second gquarter of the MDCT
gize so that the cross fade begins after a MDCT folding
axis relative to the =zero part, wherein the second

framing rule remains unmodified.

14. A Method for encoding audio frames, comprising the
steps of:

encoding audio samples in a first encoding domain using
a first framing rule, a start window and a stop window
window;

encoding audioc samples 1in a second encoding domain
using a different second framing rule by way of AMR or
AMR-WB+ enceding with the second framing rule being an
AMR framing rule according to which a superframe



having a different second framng rule and conprising an AMR or AVR- \B+
encoder with the second framng rule being an AMR fram ng rule according to
which a superframe conprises four ANR frames, and the second decoder having
a predeterm ned franme size nunber of 43udi o sanples for the superfrane and a
codi ng war mapapet sod Mourerant dwdmessanpl@susanguper pragetetmthedsecond
encoder bein e e esen equent
audi o sanplegrgﬁﬁ B%Q%bgp& g%ng%éE%%%fBW nﬁ?’predg%egé?neg5%¥gﬁgméfze
nunber of aubi® §§Hﬁ¥§§am§n@@a§ﬂﬁn?%FP@@ PEFOSWREC KT Y oRF t 1@ RPr st
decoder to tbecseeandegeesderapioni 6& yensabbased opmabyi sdbeagientin the
encoded frangug_fmaug,j5 iaerg)l est @herﬂnﬁ)élhe %%r%r ol l%‘%‘ﬁéf act%ot eg gor
nodi fyi ng thé secon anlﬁ Pe in"response to Zswi fron1tﬁe first
decoder to tﬁéeéééﬁﬁ@lﬁééo@é@m%r5%?%nﬂ@%%e§e@@n@u@h@oﬁémp ®Sthe first
encoder to the extent that a first superframe at the switching has an

i ncreased frane,size nupber of audio sanples h _conpris a fifth AMR
rame s n addi e BnFaoT RE RO Re AR P Lot e By SR L G Prinal
respecti vel yebvedingpiegaanfadi WygCparerdt; ad88art w ndow or a stop w ndow
of the first time domain aliasing introducing encoder. 18. The audi o
decoder of cl ai erein_the |r§t decoder conprises a

Cranst or mer POPLEYAHET oFhEngS 8T RP st ¥ TS of FHOC0HED alarB baRpl 68 1o t he
ti me domai n.s4dtchhegaldpo dé@od@maﬁ tonecled sdeord apngodmer deBainher ei n

the first degpdepcistadaptedntiotidRisgaht iy die +asdc decoslesframenwi th the
start w ndow when t g EUbS 3uent fra IS degﬁﬂgg q¥ t he second decoder
Phedfi i TR

and/ or for wWeFghtkn §Ftd§&&§¥ a5 % 39 op™Wi ifow when
a precedi ng fnaneagsdt of banelecoidetl byunthse: sedondudécodermp2@s ThWethudi o

decoder of O@smgi»lébﬁ g€l 1B 48 le%raw@erﬁa naaagtgbﬂe tqpr@a@ Eaa&lsfor mer
i s adapted for raﬂsfornln the first domai n. base n an

f me to tE i o]
i nverse MDCTHRd WREPEFn tHEET i (41 ¢ T © Fﬁ@?ngr?ﬁP?SBﬁgﬁ ¢ decoder
i s adapt ed foreatiapping anfbmmﬁﬁ:gaﬂttmithesgaattwmmﬂdw st op ecopodified

start and/ or st e, WMd1dovse %&rszhecfrh@' aoﬁtﬁ‘iﬂdeilfgsf}fge ohetBAuek LM 17 to

20, wherein the first tinme-domain aliasing introduci ng decoder is adapted
for utilizing®@°<e4rt wi ndow and/or a stop wi ndow having an aliasing part
and a allaS|ngfree part. 22. The audi o decoder of one of the clainms 16 to

20, whefigi n EBROLLLS! LR AoTRIN A | 25L08LAN odl n@o@egggesﬂnﬁngdam ed

for utilizin a Sfart /or. a stop™w ndow having an al 1 asi ng-free
part at a risPRg EHeDaPt 6L3tRe W nBBwithenvite SPEceH IR af8Es
decoded by thensecnnd deepdetrand atoacgadbting edge part when the
subsequent franme is encoded by the second decoder.

16. 2An audio decoder for decoding encoded framegs of audio

samples, comprising:

a first time domain aliasing introducing decoder for
decoding audio sgamples in a first decoding domain, the
first time domain aliasing introducing decoder having a
first framing rule, a start window and a stop window,
the first decoder comprising a time domain transformer
for transforming a first frame of decoded audio samples
to the time domain based on an inverse mwmodified
discrete cosine transformation;



23. The audi o decoder according to one of the clainms 21 or 22, wherein the
controller is adapted to start the second decoder, such that the first
frame of the sequence of franmes of the second decoder conprises an encoded
representation of a sanple processed in the preceding aliasing-free part of
the first erfedtRFONPLeqEERURD REIHST Y gAmPFeS cHai #sS2901$ 23,

wher ei n the goidd0bd erdvsaafapaed t ehst askeddiel setasiatecqueringuca that

t he codi ng i r aydi anm ver i t h 51

al i asi ng-frﬁg%ﬁe%&{%%g S %%? ,%\II]QEI’I o%ﬁl&ﬁge?h@f %ﬁls@ot i&J’rre iEgoérlfu’;ali grjlhélal igasi ng

i ntroduci ng @é%d‘%r W e PabdegquentmPeinerbf AKE SeEsR@86codeReover | aps
with the aligsthg paeto@ért hevshepawdidewre2y sk ralidieamipepdenief one of

the clainms 16 tpo 24, wherein.th rol| iS a ted f a j a
crossover fade gre‘%m enogon!s%gg'ut %\?(eé%%iarré%sn &d{%ec%geglcpiu |% s%ﬁr%%%ggof
di fferent deceriessents:idhecfud grBrdeef oft 1o Yofs e dsiithrs®4é1®0 27,

wherein the £oRd1o4 | ebnkes adaptedpbohgdelfiam ntAY e abi-agtBgrhinad
aliasing pari_of the start or %go&ﬁ%g\%ndow fiom a decoded frane of the
t

second decoder*Sndtar PN isitng T h The aliasing part based on

the aliasing detelmned. 27. The audi o decoder of one of the clainms 16 to
26, wherein 4 hecgenthoklercd:s afaptgond oFrdinscandi rgrkhe AR wWes M up

period of alr:rglgo sanpl sdfro t he second decodﬁr. %8. A et h(gd f or decodi ng
encoded franes of TS I SENPT e0r cHhPTi STt t Re“ ST e JF 4REHEThg™audi o
sanpl es in aldfirdte devodilng dormie, cfheatifiiot shupisg Gbewiedn ntheduci ng
tinme aliasingnhayi raififgipfdanog rﬁé'cﬁffyﬁn?t@ﬁé Wi Rdew, andoR §top
wi ndow, and usi n% transfgrm nﬁ @?fIESt fr(igi\ma g decodgd audi o sgﬂg}:es to
the tinme done?h DESRI"HACIR PhvErS e hodit f F8TCATEcr Bt B oSTheRt
transfor mati®nzero part thereof extends across a first guarter of

an MDCT size and cross fade starts in a second guarter

of the MDCT size so that the cross fade begins after a

MDCT folding axis relative to the zerc part, wherein

the second framing rule remalns unmodified.

17. 2An audio decoder for decoding encoded frames of audio
sampleg, comprising:

a first time domain aliasing intreoducing decoder for
decoding audio samples in a first decoding domain, the
first time domain aliasing introducing decoder having a
first framing rule, a start window and a stop window,
the first decoder comprisgsing a time domain transformer
for transforming a first frame of decoded audio samples
to the time domain based on an inverse modified
discrete cogine transformation;

a second decoder for decoding audio samples in a second
decoding domain, the second encoder



decodi ng audi o sanples in a second decodi ng dormain, the second decodi ng
domai n having a predeterm ned frane size nunber of audio sanples and a
codi ng warmup period nunber of audio sanples, the second decodi ng donain
having a different second framng rut2, a frame 52 of the second decoding
domai n bei nthav tegoded irfapiesentaida of rambugbenlef dhddretymsnbsengent

audi o sanpl e _bein h q?g; i ize
nunber of aJ%?d&ggngfggﬁkaﬁg+S%F%%#?%gkﬁf%hs¥%é |f§§éiégéb|% ng%%%in to
the second dexisell ngpdomaMR of ramadadyefsid ehaFEF BIHAW i ek cattvfP f rdm t he
encoded frarmeuedroughe® sanphesesnoghiyi ABRt ErSiead | whadameandéoondhe stop

w ndow of the first decading_domain.t . xtent _th art -t her eof
ext ends acré%%x% :?r%FWﬁﬁ%t%rEg%%%$ %gfzg%ghg é?%?%légﬁﬁegfaé¥s in a
second quartatdiod sREPVEET fsizdlyp swpgrirmner 888 Padeodleyd nga2dfteP a MDCT

fol di ng axi spéLlEdi ver-ert her Zef@iRAr samphes gi B t Bepseepadsf 1 pgerul e
remai ns unnodi fi ed. 29'd§ e hgd fg&ldgﬁgggg §R§98§q5£{§E gﬂoafaqgio

sanpl es, con%??%ﬁ QJQH%Q eﬁép eo?gdecodlng audi o §%npﬁes ina first decodi ng
domai n, the fumiser de€odiimpldonsipeéauneiduaidgot ismprdissasiHte havbay a first

fram ng rul epefn taghawi RAPW 18N Op Be §4 OB REQWe raRd USIARY Auanst osai ng a
first frame of  decoded. audio sanples to the tinme domain based on an inverse

modi fi ed di sTrEtR LYW HeSt rAhef ormati on; decodi ng audi o sanples in a second
decodi ng domain unsing a different second framng rule by AVMR or AVRVB+

encoding w th Lhersegead fasm QQiEHh?n%eRif%nﬁntﬁé/RfE&é'ﬁi Nedddes aggor di ng
to which a sggerfrane cgngrlses four A frangs éhe second decgdlng domai n
having a prede? eFRTTRU Franecsi 98 hufberebP2abars safpfes  BA4Catts8i ng
war mup period ridbeenobdeddi dramaplods, andsopesdmpahes of wihisgesecohdedecodi n
. . . P ! 9

domei n bei ng.gdesoded fepLaserbal gt Qo MMIRETLIY $48BAY framing

rule in response to switching from the first decoder to

the sgecond decoder or from the second encoder to the

first encoder to the extent that a first superframe at

the switching has an increased frame size number of

audico samples with comprising a £ifth AMR frame in

addition to the four AMR frames, with the fifth AMR

frame respectively overlapping a fading part of a start

window or a stop window of the first time domain

aliasing introducing encoder.

18. The audic decoder of c¢laim 17, wherein the £first
decoder comprises a time domain transformer for
transforming a first frame of decoded audio samples to
the time domain.

19, The audioc decoder of one of the c¢laims 17 oxr 18,
wherein the first decoder i1s adapted for weighting the
last decoded frame with the start window when the
subseguent frame 1is decoded by the second decoder
and/or for weilighting the first decoded



53 subsequent audi o sanpl es, the nunber being equal to the predeterm ned

frame size nunber of audio sanples; and switching fromthe first decoding
dormain to the second decodi ng donai r vice versa based on an indication
fromthe encoded frame of audio sanples; nodifying the second framing rule
in response TEmaiTiEH: nghd rokeR Helndew 1wk ageaored Ang of TR sk omd codi ng

domai n or frgmdde-second encosiefoid ddwedd+ st encoder to the extent that a
first superframe at the switching has an increased frane size nunber of

audi o sanples with conprising a fifth AMR frame in addition to the four AWR
frames, 20 t H'tde afictitch ARRofleanec¥ espect el Yheveslapps ndg-8a Padi by, part of

a tsta(rj tw nd@ﬂé:@%i@ %%%p \Miﬁ@O\éﬂ@fBamedﬁﬂarrféféM@r gqrgai adgbiz;aai nﬂc|>r

i ntroduci ng encoder. : audi o _encoder for_encodi ng audio sa s,
compri 51 ng. STITEAIT N GBfmPATE| dSPRE | Tt r balo T iU FaPEEhcodi ng
audi o sanpl esn i ana ifivegtsce @l ngndondiare ithet ¢ r St rene idenedemats asi ng

i ntroduci ng gncodery hayi Rgade fhd dedd @i NOs raiSpr 8a SEEEta M PdOMGald a stop
wi ndow; a second encoder f%%Eencodlng %9q§%es in a secqgg%ﬁ%fod ngtdonaln,
the second eHE¥dBrsHes njCa “6EL P Eido P and REPPnGTa Tt nt Nt~ f r ame
si ze nunber afdaudi stsampledowand a warm up period of a codi ng warm up
peri od nunber of audi o sanples during which period the second encoder
experiences increased quantization noi se, the second, encaoder having a

di f f er efit - seBohd F4%4EH nGSFGRET a0F r HF ofP Tt helEecori Bhcdder tBei 7Y an
encoded repreisentati ortheof &insmberioé-domely sabsegieat avdrodsanpyes, the
ggnbfres_ 5211“3&&%@9”% L8abPeaPEadet @Rl Be s of rANE: Sz &y AR 204/ 8udi 0

P ’ a stop window having an aliasing part and a aliasing-

free part.

22. The audic decoder of one of the c¢laims 16 to 20,
wherein the first time domain aliasing introducing
decoder is adapted for utilizing a start window and/or
a stop window having an aliasing-free part at a rising
edge part of the window when the preceding frame is
decoded by the second decoder and at a falling edge
part when the subsequent frame is encoded by the second
decoder.

23. The audio decoder according to one of the claims 21 ox
22, wherein the controller is adapted to start the
second decoder, such that the first frame of the
sequence of frames of the second decoder comprises an
encoded representation of a sample processed in the
preceding aliasing-free part of the first encoder.

24. The audio decoder of one of the claims 21 to23, wherein
the controller isg adapted to start the second decoder,
such that the coding warm-up period number of audio
gamples overlaps with the



a controller for switching fromthe first encoder to the second encoder and
vice versa in response to a characteristic of the audio sanples, and for
nodi fying the second framng rule in_response to the switching, wherein the
first tinme-domain aliasing introducify encoder is adapted for utilizing a
start w ndovxafamiémgafsé@ppmmdomf haviengsaaral ivesidegr paft tdred Anrst

al i'asi ngfree. La gigin g&gseﬂgtrql He8hah 2 i ddAPtR 4 | Maf£SPERSE the
swi tching, no e secon ﬁg rul e g that the first frane of a
sequence of ??% %u%@ttﬁéagéc ot ‘%H%p pggdenn Vifdoddf with
represent at i one ofl easEnpl papr ockssled $hop heiadfidasi ng-free part of the first
encoder. 31. An audi o decoder for decodi ng encoded franes of audi o sanples,
conprising: a first time donain aliasing introducing decoder for decoding

audi o sanples in a first decoding domain, the first tinme donmain aliasing
i nt rodugbng Teeodardiravidrgoaefi ref fonrgm @ r ghe, alaingt M ndow ahd a stop

wi ndow; a Seﬁl@@ﬂeﬂl@C@@@rccﬁl@ﬁr@IEp@ﬂl ng adsbhecganplespphyangegosgdodecodi ng
fo N ine ieeicegnd deeadsl deoReA, RN deande ﬁav%é“@?@ec?rsgswrm ned

frame size nunber *6 a coding warmup
period nunbefa®plefded @h%%?%%nﬁu@$ﬁ@d9ﬁ$ch perlod the second encoder
experiences increased quantization noise, the second decoder having a
different second framng rule, a frame of the second encoder being an
encoded2feprEeentaatdion decadess abnbare ofof | by elbsBuEHt &@di 87sanpl es,

t he Inumoer lamélgeﬁqualblet %?xh@r@z@@lﬁ}]@@ma%tﬁcbﬁéoﬁmo@ Zd&e duiieT i rof éﬂﬂlo
sanpl es; an control.ler _for n m_t.he rs gﬁﬁo
second decod%?lasﬁn%lce vérsa ggéégn%n%gﬁhfn %ca %%n %% eggﬁc%g % frame

of audi o sanPieEovWwWAEPE & tIRCEHIE r BTRRe PE AHSptRFIBE FRRREST ngEhe

second fram Agrrué@uting eshonsbiseihjeiswehehibfasing part based on
the zliasing determined.

27. The audico decoder of one of the claims 16 to 26,
wherein the controller is adapted for discarding the
coding warm-up period of audio samples from the second
decoder.

28. A method for decoding encoded frames of audio samples,
comprising the steps of

decoding audio samples in a first decoding domain, the
first decoding domain introducing time aliasing, having
a first framing rule, a start window and a stop window,
and using transforming a first frame of decoded audio
samples to the time domain based on an inverse modified
discrete cosine transformation;

decoding audio samples in a second decoding domain, the
gsecond decoding domain having a predetermined frame
gize number of audio samples and a coding warm-up
pericd number of audio samples, the second decoding
domain having a different second framing rule, a frame



wherein the first tinme-domain aliasing introducing decoder is adapted for
utilizing a start wi ndow and/or a stop w ndow having an aliasing part and
an aliasingfree part, wherein the coproller is adapted to, in response the
switching, nodify the second framng rule such that the first frame of a
sequence of 3% amgbeof FErERcoREC@EEBHer SSHHIA se3edRTendodedecoded

represent atiQn,0f &S PEOGESRBhdN shetahieds RAddRNA ta@didhe first
decoder, with the second decoder bei ng ada ted to decode nd di scard the
3F

encoded repr&&Enteti ohR6f THELanprén Tcohput p?%% T HAVES
progr am codes fffie P& @ rmiinig:+ her neidiosl ﬁm;ﬁl@eb,ma%ﬁior 29, when the program

code runs on a conmput er oOr processor.
switching from the first decoding domain to the second
decoding domain or vice versa based on an indication

from the encoded frame of audio samples;

modifying the start window and/or the stop window of
the first decoding domain to the extent that a zero
part thereof extends across a first quarter of an MDCT
size and cross fade starts in a second quarter of the
MDCT size so that the cross fade begins after a MDCT
folding axis relative to the =zero part, wherein the

gecond framing rule remains unmodified.

29. A method for decoding encoded frames of audio samples,

comprising the steps of

decoding audio samples in a first decoding domain, the
first decoding domain introducing time aliasing, having
a first framing rule, a start window and a stop window,
and using transforming a first frame of decoded audio
samples to the time domain based on an inverse modified

discrete cosine transformation;

decoding audio samples in a second decoding domain
unging a different second framing rule by AMR or AMR-
WB+ encoding with the second framing rule being an AMR
framing rule according to which a superframe comprises
four AMR frames, the second decoding domain having a
predetermined frame size number of audio samples and a
coding warm-up period number of audio samples, a
superframe of the second decoding domain being a

decoded representation of a number of timely
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subsequent audio samples, the number being equal to the
predetermined frame size number of audio samples; and

gwitching from the first decoding domain to the second
decoding domain or vice versa based on an indication
from the encoded frame of audio samples;

modifying the second f£raming rule 1in response to
gwitching from the first coding domain to the second
coding domain or from the second encoder to the first
encoder to the extent that a first superframe at the
switching has an increased frame size number of audio
samples with comprising a fifth AMR frame in addition
ro the four AMR frames, with the £fifth AMR frame
respectively overlapping a fading part of a start
window or a stop window of the first time domain

aliasing introducing encoder.

An audio encoder for encoding audio sampies,
comprising:

a firsgt time domain aliasing introducing encoder for
encoding audic samples in a first encoding domain, the
firsgt time domain aliasing introducing encoder having a
first framing rule, a start window and a stop window;

a second encoder for enceding samples in a second
encoding domain, the second encoder being a CELP
encoder and having a predetermined frame size number of
audio samples, and a warm-up period of a coding warm-up
period number of audio samples during which period the
gsecond encoder experiences increased quantization
noise, the second encoder having a different second
framing rule, a frame of the second encoder being an
encoded representation of a number of timely subsequent
audio samples, the number
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being egqual to the predetermined frame size number of
audic samples; and

a contrcller for switching from the first encoder to
the second encoder and vice versa in response to a
characteristic of the audio samples, and for modifying
the second framing rule in response to the switching,
wherein the first time-domain aliasing introducing
encoder is adapted for utilizing a start window and/or
a stop window having an aliasing part and an aliasing-
free part,

wherein the controller is adapted to, in regponse the
switching, modify the second framing rule such that the
first frame of a sequence of frames of the second
encoder comprises an encoded representation of a sample
processed in the aliasing-free part of the first
encoder.

An audio decoder for decoding encoded frames of audio
samples, comprising:

a first time domain aliasing introducing decoder for
decoding audioc samples in a first decoding domain, the
first time domain aliasing introducing decoder having a
first framing rule, a start window and a stop window;

a second decoder for decoding audio samples in a second
decoding domain and the second decoder being a CELP
decoder having a predetermined frame size number of
audio samples and a warm-up period of a coding warm-up
period number of audio samples during which period the
second encoder experiences increased guantization
noise, the second decoder having a different second
framing rule, a frame of the gecond encoder being an
encoded representation of a



32.

55
number of timely subseguent audio samples, the number
being equal to the predetermined frame size number of

audio samples; and

a controller for switching from the first decoder to
the second decoder and vice versa based on an
indication in the encoded frame of audio samples,
wherein the controller is adapted for modifying the

second framing rule in response to the switching

wherein the first time-domain aliasing introducing
decoder is adapted for utilizing a start window and/or
a stop window having an aliasing part and an aliasing-

free part,

wherein the controller is adapted to, in response the
switching, modify the second framing rule such that the
first frame of a sequence of frames of the second
decoder comprises an encoded representation of a sample
processed in the aliasing-free part of the first
decodexr, with the second decoder being adapted to
decode and discard the encoded representation of the

sample,

A computer program having a program code for performing
the methed of claim 28 or 29, when the program code

runs on a computer or processor.



