Audi o encoder and decoder for encoding and decodi ng audi o sanpl es

Speci fication The present inventionis in the field of audio coding in

di ff er entwoadiong3deneai ns, as for exanple in the tinme-domairErasvd/osdest anst or m
domain. In the context of |ow bitratetaudi o and speech codi ng technol ogy,
several different coding techniques have traditionally been enployed in
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aim at optimizing the subjective quality by shaping a spectral
(and temporal) shape of the gquantization error according to a
masking threshold curve which 1is 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, 1i.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 not perform as well for speech signals at very low data
rates as dedicated LPC-based speech coders due to the lack of
exploitation 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 following,
concepts are described which combine the advantages of both

LPC-based coding and perceptual audio coding into a single



efficient for both general audio and speech signals. Traditionally,
perceptual audio coders use a filterbank-based approach to efficiently code
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(“psychoacoustic”) model 1602 is used to estimate the actual
time dependent masking threshold. The spectral (“subband” or
“frequency domain”) components are quantized and coded 1604 in
such a way that the quantiza-tion noise 1is hidden under the
actual transmitted signal, and 1is not perceptible after
decoding. This 1is achieved by varying the granularity of

quantization of the spectral values over time and freguency.

The quantized and entropy-encoded spectral coefficients or
subband values are, 1in addition with side information, input
into a bitstream formatter 1606, which provides an encoded
audio signal which is 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 quantized spectral/subband values from side information.
The encoded spectral values are input into an entropy-decoder
such as a Huffman decoder, which is positioned between 1610
and 1620. The outputs of this entropy decoder are gquantized
spectral values. These quantized spectral values are input

into a requantizer, which performs an “inverse” quantization



into a requantizer, which perforns an "inverse" quantizationas indicated at
1620 in Fig. 16a. The output of block 1620 is input into a synthesis
filterbamko26R20336Bi ch perfornms a synthesis filtering i RCITEPR0VG/08651
frequency/time transformand, typicalBy, a tinme domain aliasing
cancel | ati on operation $u§h as overlaf and add and/or a synthesis-side
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such a%n%HEt'ig%BseaﬁXCh%etlgﬁalyzer 1701, which provides, at its
output, LPC filter coefficients. Based on these LPC filter
coefficients, an LPC filter 1703 is adjusted. The LPC filter
outputs a spectrally whitened audio signal, which is also
termed ‘“prediction error signal”. This spectrally whitened
audio signal is input into a residual/excitation coder 1705,
which generates excitation parameters. Thus, the speech input
is encoded into excitation parameters on the one hand, and LPC
coefficients on the other hand.

On the decoder-side illustrated in Fig. 17b, the excitation
parameters are input into an excitation decoder 1707, which
generates an excitation signal, which can be input into an LPC
synthesis filter. The LPC synthesis filter is adjusted using
the transmitted LPC filter coefficients. Thus, the LPC
synthesis filter 1709 generates a reconstructed or synfhesized

speech output signal.

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).



(MPE) , Regular Pulse Excitation (RPE) , and Code-Excited Linear Prediction
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extrenely efficient for coding of speech signals. The other coding kernel
is based on TCX (TCX = Transform Coded Excitation), i.e. a filterbank based
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a sampling rate of B8kHz) employ an LPC filter with an order
between 8 and 12. Due to the nature of the LPC filter, a
uniform frequency resolution is 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 perceptual audio coding approach
(best for music), a combined coding 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 USING 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 audio 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



techniques in order to achieve good quality for nusic signals. Depending on
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This case is also called the closed loop decision, as there is
a closed control loop, evaluating both coding performances or
efficiencies, respectively, and then choosing the one with the
better SNR.

It is well-known that for audio and speech coding applications
a block transform without windowing is 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 quantization noise in
consecutive audio frames. This way the overhead compared to
non-critical sampling is kept reasonably low and the decoding
necessary 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 AMR-WB+ introduces |/8 th of overhead in a TCX node, i.e. the nunber of
spectral values to be coded is |/8 th higher than the nunber of i nput
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Fig. 18. The sequence of windows shown at the top of Fig. 19
is ACELP, TCX20 (for a frame of 20ms duration), TCX20, TCX40
(for a frame of 40ms duration), TCX80 (for a frame of 80ms
duration), TCX20, TCX20, ACELP, ACELP. |

From the sequence of windows the varying overlapping regions
can be seen, which overlap by exact 1/8™ of the center part M.
The table at the bottom of Fig. 19 also shows that the
transform length “T” is always by 1/8% larger than the region
of new perfectly reconstructed samples “PR”. Moreover, it is
to be noted that this is not only the case for ACELP to TCX
transitions, but also for TCXx to TCXxX (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. 19 by the region
labeled with 1900. When switching from ACELP to TCX the zero-
input response (ZIR = =zero-input response), which 1is also
indicated by the dotted line 1910 at the top of Fig. 19, is
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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 another 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 freguency-
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 regions 1is to smooth 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 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



The purpose of these overlap regions is to smoth out the transitions.
However, overlap regions can still be prone to a |loss of coding efficiency
and art efwote10/00bsssef ore, overlap regions or transitiongCamrebiesschosen
as a conprom se between some overhead8of transmitted information, i.e.

codi ng eff|C|ency, and the quaI| of the transition, i.e. the agdlq

qual i t PR ihelaedsde srhREl . handking upheni sraospt boms e archr dshaghd nge

taken when baadbib@ohheyinadnes tizang ang; desigpi ngihe &L angidsion i ndows
2111, 25113 qfl 2115 as indicated in Fig. 21. Conventional concepts relating

to mana |ng ansi tions between frequency-domain and time-domain codi ng
nodes are, for exanple, using cross-fade w ndows, i.e. introducing an

ver he r as r ion. A _cross-fadi ng wi ndow,  fadi ng-out
'?he pr gg)él r?gt%fo(r%gar%e %%¥?&£n58?%£ ﬁ% 8 MERA YT arre? ?W?%ﬁeBGEWﬁePS
utili zééequnélYa‘W@aéh dod tctmarctmmheadpomihlgoduﬁeﬁeslef iadeenci €5ri N a

decodi flieCl €n I neg-hensy, a tion; takes ace t.he signal is
ngf cr :éﬁaglfpllle; saﬁ%lgcéj a(r;cirnor e. CCTr?E{tI ggf‘?%'lgénprledéal appgla; tordéln ST or msg
for ex&YS g‘e&ldscla(?se&airﬂ% 2%y itheen,owr @adlf%q/loﬂAnaﬂ’xysqtm@yﬂfhésng

Filter wBaﬂailo sifgnl ibasedton tHdre di Y | a4 Cangg! | AL 4 PRy - 5 IllEEEh rans.
ASSP, Atxsg WD; cf;ﬁl 1153- 1161, 1986, andr@are for exanple use’g b %AAC =

Advanced LAQH: ) , S PPl eaner el todP ng tat iR n&“}ﬁsct%ﬁ%%o%@ due
Associ &ved i covadiaaded AudirodGedisng,dd i erdetiesal 18t andarded381847,

SOOI E / Vi Pi ctures ert. G oup,, 19 reover

non- al ?g‘s{eggj'[cro $- Mé‘c'ltgfar‘i&%u ons are ?Kpasolste]uor?n Jﬁ’—"i‘])é?%lerp ToTi s Bhe
Todd, €i&nglc is"Tied DéEi‘ghC@lla-S’amEbeEr|aemdrhq1re&udCcn1€ad|angySyséxemé@r
Distri lllérp'p@@l Md%ﬂn@“gre Paper JNuxbal %?1&9@05%? AES . 17§|§Hriéd1éer national

B S 0 s et 5L 4 W i, 1

Di stri botagn", & epsing Nmmerelib&&onIO&hIEEE Trans. ASSP, ASSP-
34(5):1153-1161, 1986, and are for example used in AAC (AAC =
Advanced Audio Coding), cf. Generic Coding of Moving Pictures
and Associated Audio: Advanced Audio Coding, International
Standard 13818-7, ISO/IEC JTC1/SC29/WGll Moving Pictures
Expert Group, 1997. :

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 Di
Television Distribution”, Preprint Number 5104,
Convention of the AES (January 2000).

WO 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 conventional encoder

utilizing a frequency-domain decoder in the top branch and a



Convention of the AES (January 2000) . WD 2008/071353 di scl oses a concept
for switching between a tine-domain and a frequency-domai n encoder. The
concept owol2dioe3smppl i ed to any codec based on ti ne- domecm/Ere@goesssy - donai n
switching. For exanple, the concept ct®uld be applied to tinedonai n encodi ng
according to the ACELP node of the AMR-WB+ codec and the AAC as an exanple
of a fréffeiPadonaidretrRt. g, the showgom bltownati agrime of faequency

convenhle@@@lln@ncg%lﬁtf Wk |éx7émlaf£é@QH9n%>ﬁ dz%(@ Be ggggqer ddlnd e 10 branch
C The

and atlne don% decoder .in th otton1bran reguency eco g part
i s exefpl HPES A7 P TAN 18‘ééod?e% r‘i’ﬂrl§Png”é’efléﬂeiquﬁlmdllzfaﬁdondbsgckt2202

and ancpmuaesetnadsfbem db$66§te22@$lneh{ram@fo&ﬁbb|ﬁ6&1%¥@é 4RshAC Lhe

Transt Somree Chart ST NORE 12t Mt LT HE° 7 mO e 1T &GS EREm
frequeAsy- HéﬁdlnaSIrtﬁaqpfdmmatmbmlrhetk&&n|1um&codumg—@@hﬁlms a&aﬁpthéled
as an AMBqWBncdecedal 2206, fellowed Iy an MXCT bl ock 2208, ordsr (o

conbi ne the oufconme of the decoder 0
re- quaREETRL 12369 | &St 1 f AMBoWACY-domeder . 2PHiés Enabbesda lmpmainnakbon i n

the fregquercy2 PRI An WHEAEAS ta) Q¥RLLAR anh ag%gﬁﬁge,oy\h &R 1§ 094, ghown

in Fig é% can, be ysed after the inverse in or er t0° Gondl ne
and cr 689 add t&yj t Pocxee wfhotitehavengupsticesi der2Ghet her they had
been eficedednicy-tbeatinme- domai n or the frequencydomai n. |In anot her

conventi onal approach which is disclosed in W2008/071353 is to avoid the
MDCT 2208 in Fig. 22, i.e. DCTIV and IDCT-1V for the case of tine-donain
decodi Af ! Saraehee saprozehi nat son cahl elet ifmeqtiemeaiys datriadsi, Ngvisansed | a4 i on

(TDAC ErmMB DR Ny on)+C ed... Thi sho
Fi g. OV |gp 23 shéﬁi gg%?gesaggg%%giéhgéFn%ﬂfﬁg ﬁ?&qﬂ% cy ?éénal gg%oder

F
exenpl PFFSd AL eh ARG diRBAEFCCIMRRFT sidv 4 rénqlfalffﬂﬁlIZatthDanmbcheZSMdand

an | MD€Tobkeckd23@4ijathe tt inEy>¢cledRi Wi PRbAL | Badgahn texX g difdad e e

A +
MR- MB they had been encoded in the time-domain or the frequency-

domain.

In another conventional approach which is disclosed in
W02008/071353 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 is
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-WB+
decoder 2306 and the TDAC block 2308. The decoder 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



decoder 2306 and the TDAC bl ock 2308. The decoder shown in Fig. 23 allows a
conbi nati on of the decoded bl ocks in the tinme-domain, i.e. after |NMDCT
2304, si nwe 2103iAC 2308 i ntroduces the necessary ti nepalriEesoimagodesr proper
conmbination, i.e. for tinme aliasing c@ncellation, directly in the

ti medomai n. To save sone cal cul ation and instead of using MDCT on every
first dnte |esrrespenfiiage iniveerseontmefzyorwm sdnplsesg afn ealgd AMR-WBH

segnmenty; KRAG deyn b yudbeq used in overlap zones or regions on 128 sanpl es.
The nor rral time domain aliasing introduced by the AAC processing nay be

kept, whilethe corresponding inverse tinme-domain aliasing in the AVR- B+
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provi de an i'nproved concept for sw tching 1n audi
domai n®UrRie 64 e@ﬂlalné'rlzi@ml@\ﬁed ngyi sgn eieodép atb@rdemgtuoeslsal mfl thand

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 quantization noise
over time. This burst error is disadvantageous since it is
usually audible.

Therefore, 1t 1is the object of the present invention to
provide an improved concept for switching in audio 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 decoder

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 utilizing time domain and
frequency domain encoding can be achieved, when the framing of
the corresponding coding domains is adapted or modified cross-
fade windows 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 frequency-domain codec, more efficient

switching between the two codecs can be achieved Dby



nmet hods for encoding according to claim1 an audi o decoder according to
claim 18 and a nethod for audi o decoding according to claim32. It is a
fi ndi ng ovotzhwm/smsent invention that an inproved sw t clrCmEP2ov9ameaudi O
codi ng concept utilizing tinme domain ®@nd frequency domain encodi ng can be
achi eved, when the fram ng of the correspondi ng codi ng donains is adapted
or modi g EretEd ad®yn AdbWS rar adapt ingedhd nfoeeiegbodf merite BMIR-@BaNPI €

AVRVB+ (cant beused asstihge HeaRichcqodec,apd AC £y, be 4 e
exanpl eEpof a freq%encildgerral n codgc m)?g ef?bém ent” sw tc AV’SZ (b%eotarswegﬁet he

two coddtPTn B Athi CVEth ByRABbdi ments, by either adapti ng the fram ng of
the AVR-WB+ part or by using nodified start or stop wi ndows for the
respectf veléA%c t%[ % Lt is a fu%t her findjng of the invention that
TDAC can bé appl i é‘& 188¢B8eroGnd N Romt A $ sk c oS- f RBRRg SMdBRs can
be utildpediedEnbodi veat sieafoddre pnesemdn + avensédn drmys Priad idey t he nadwant age
that overhead iinforymjion can be reduced, introduced in overlap transition,
whi | e keeping noderate cross-fade regions assuring cross-fade quality.
Enbodi nents of the present invention will be detail ed using the

! f
ac Cconp et st d o e@f tReWBireB Rty lnv%r&*l%% oe‘%co d@@“&g& aé(}iglegg%show

encoder; Fig. Ib shows an_enbodinent of an au

equat i G orO¥HENKBET/ wﬁ@rmatﬂgn 3 Csowd€an I@ﬁjﬁéﬁ%ntlﬂti-’@ijztﬁg mml fied
franlngwdakpp4ﬁrsh§m51anquwﬂlﬂ&ﬂk@@pﬁné'&6@%rb@é'ﬁ%éé§5¥§@@3k@ ibhg. 4b

shows d sign t.he frequency d mai n; . ba shows a n0| se-like
si gnal aas q{nnl% gr%ﬁﬁa?ﬁdeﬁ éluagblec%ows %%0%%? &d Sfgndth§ n PrESent
frequerﬂGWQitrrﬁmm,WFlg. bb stedwsi latd ansalygi shby-asyninesive gLl gures, in

which

Fig. 1la shows an embodiment of an audio encoder;

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

Figs. 2a-2j show eguations for the MDCT/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. 5a shows a noise-like signal in the time domain;

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

Fig. 6 shows an analysis-by-synthesis CELP;

Fig. 7 illustrates an example of an LPC analyses stage

in an embodiment;

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



Fig. 7 illustrates an exanple of an LPC anal yses stage in an enbodi nent;
Fig. 8a shows an enbodinent with a nodified stop wi ndow, Fig. 8b shows an
enbodi mrenvowntonoaseaodi fi ed stop-start w ndow, Fig. 9 shecs/ER2@iosspl e

wi ndow; Fig. 10 shows a nore advancedi2wi ndow; Fig. 11 shows an enbodi nment
of a nodified stop window, Fig. 12 illustrates an enbodi nent with different
overlap zones or regions; Fig. 13 illustrates an enbodi nent of a nodified
start wngowgs Fi 9. 14 sbave an_embostismit: ofign al | Askngrtace dmidiad stop
wi ndow applied at an encoger; Fig. 15 shows an aliasing-free nodified stop
wi ndow applied at the ; Figs. 16 illustrates conventional encoder
and decoder exanples; Figs. 17a, 17b illustrate LPC for voiced and unvoi ced
signal s;.. Fig, 18 illustrates a prior art cross-fade w ndow, Fig. 19

i 1Tustra 5% 2 prior af?aggad%ﬂ%el%?laﬁﬁbV@ﬂgafhdoms; Fig. 20 illustrates

wi ndows used for transmtting in AMR-WB+ between ACELP and TCX; Fig. 21
shous apy exafgl e SeAURRS, Ofa GRNSECHRY Y- a4 ) padsgires LN different cading
domains; Fig. 22 illustrates the conventional approach for audi o decoding in
different domains; and Fig. 23 illustrates an exanple for tine domain

al i asi ngi gancel | ation shdidg.ad derdbodemént a48i & RHGPEEEA1000H0L 1 8REAGI NG
audi o sanpl es. The audi o encoder 100 conprises a first tinme domain aliasing
i ntroduci ng encoder 110 for encoding audio sanples in a first encoding
domai n,Fide ¥2rst ti nelldonstiretadd ash ngmbodindnci Rgtandeder rdh® Rard i@

first framng rule, a start &'nrdeo(gvigrpg;a

Fig. 13 illustrates an embodiment of a modified start
window;
Fig. 14 shows an embodiment of an aliasing-free modified

stop window applied at an encoder;

Fig. 15 shows an aliasing-free modified stop window

applied at the decoder;

Figs. 16 illustrates conventional encoder and decoder

examples;

Figs. 17a,17b illustrate LPC for voiced and unvoiced signals;

Fig. 18 illustrates a prior art cross-fade window;

Fig. 19 illustrates a prior art sequence of AMR-WB+
windows;

Fig. 20 illustrates windows used for transmitting in

AMR-WB+ between ACELP and TCX;

Fig. 21 shows an example sequence of consecutive audio

frames in different coding domains;



stop wi ndow. Moreover, the audio encoder 100 conprises a second encoder 120
for encoding audio sanples in the second encodi ng domain. The second
encoder 10 2bBwmiossy3a predeterm ned frane size nunber of pamdipeosamsses and a
codi ng warmup period nunber of audi ol3sanpl es. The codi ng war m up peri od
may be certain or predetermned, it may be dependent on the audi o sanples,

a framfigft 3ddio sanpPééuéﬁrat§§quéhte0@mvaudlonsigﬁ@b&oafﬁe Secoaddéncoder

120 has a different sggggglggaqhnglggggen%'Hgﬂg% second encoder 120
is an encoded representation of a nunber of tinely su sequent audio

sanpl es, the nunmber being equal to the predeterm ned frame size nunber of

audi o gagpl @s. The audiouencades D dxuhbes €EPPRIIFRS Foredivi r i1 g5iAg0 for
switching fromthe first t donmai n aliasing introducing encoder 110 to

[
the second encoder ﬁapﬁe}ggﬁéﬁge to a characteristic of the audio
sanpl es, and for nDdlfylng the second framng rule in response to sw tching

from Uhecf1 st 4idm. daminal i asipgelntpedusing encader 410, 0.1he, second

encoder 20 or art "wn W hdow
first Thee alshed neaPPdgrndqfhwmiﬁgs eﬁco@elrstllolmaheﬂrcmarm hel sasbnd

fram ngnteb@ucemd nshdgywdi {16dsokn eemrraanéédwessfag%gl '1‘%{ a13919§9 be

adapted for determ ning the characteristic of the audio sanples based on
the i nftiCo5ddid%o dehptes dradddsén tHeS ofPMAL LS atlHé‘SflinlgstlftlFFr%dﬂﬁhﬁgn

al i asi rgcoderrodud ngaensoder fn@torfrtdﬁeirﬁgecmﬂe ,en§0(§Qlér3;2QunHBvS a%d a

i ndi cat d by the dott d line_ in ghg la throug ah bge |n ut ,audi o
sanple§ TRy B&" 98V|d 4TE8VERe cHREr of FEFC1361CRUPEhet etﬁ? BIHR€Phe?
smﬁtchﬁng00@b|$m¢md®u¢I12@e @move@e@db@bowaudnoemhmdﬂnnntsnthﬂmnoaécohaer
130 mayncoptngl ddigiddl Sind | SECHRERLACBLERS1RG LA AC rsagegﬁ ifdg and

t he secon way, that enco o sa
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the respeskirvecouUtLodEs Gaindd1eSs OutrhbhecsREhET Gl i RNgp Pl iod may be
certain or predetermined, it may be dependent on the audio
samples, a frame of audio samples or a sequence of audio
signals. The second encoder 120 has a different second framing
rule. A frame of the secohd encoder 120 1is an encoded
representation of a number of timely subsequent audio samples,
the number being equal to the predetermined frame size number

of audio samples.

The audio encoder 100 further comprises a controller 130 for
switching from the first time domain aliasing introducing
encoder 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 encoder 110 to the second
encoder 120 or for modifying the start window 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 audio 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,



to switching. In other enbodi nents the controller 130 may anal yze the
characteristics of the audi o sanples and deci de on which encoding branch to
use, but woizbomiosgs3of f t he ot her branch. I n such an enbedirmertswhesstcodi ng
war m up period of the second encoder W20 becones rel evant, as prior to

swi tching, the coding warmup period has to be taken into account, which
will béhdevgh et et hBe HaIW dwdeabedmpiats Mae Hér pirokiimeddormi Bhe

al i asi RGnitHLLABUCi 1Y .em@fj@{eﬁlgeHQXlscgﬂplﬁh§efs%‘1§i.]:}b?c§133f92ﬁ égf@”f%rﬁ‘sg%pes to

transfgrner for tripiforning the first frame o
the fr8GueRCY186RaPtoThe first time domain aliasing introducing

encoder

110 can be adapted for weighting the first encoded frane with the start

mnndomq

120 and

. equent_ fra is e ded by the second encoder
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wi ndowd@figAna apiesddiongi itremiucing oebeoearoted Bydt e e arish @NEQEsHe 1 20.
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In embodiments the first time-domain aliasing introducing

encoder 110 may .comprise a frequency-domain transformer for
transforming 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 subsequent 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 enceder 120 the stop window 1is applied at the
first time domain aliasing introducing encoder 110. Without
loss of generality, the expression could be used vice versa in
reference to the second encoder 120. In order to avoid

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



i ntroduci ng encoder 110 can be adapted for adapting an MDCT size to the
start and stop or nodified start and stop wi ndows. The details for the NMDCT
and its swopeowdoBssbe set out bel ow. I n enbodi nents, thePCirmeRomioossdonai n
al i asing introduci ng encoder 110 can ©onsequently be adapted for using a
start and/or a stop wi ndow having a aliasing-free part, i.e. within the

Wi ndowWtiinetoa’ s saapgaﬁﬁi % t Fdwt tilmstdoencadaki aklhg. vd\htmeovzele sheohfdr st

time- deRidued! 1139 NG ISHA ALY Lncadere 110 can, e, adapted for using a
start wi ndow and/or a stop mnndOM/haV|ng an aliasing-free part at a rising

edge part of the wi ndow, when the preceding frane is encoded by the second

encodeqﬂmddlmeﬁﬂse tfuerh st r & d@n 8pNabRa ahi @%ﬂgtfb%neqﬂtag Qﬂslé‘d‘cﬂqe’é?élo

utiliz a st aving_a.risin par ich is_aliasing-free

Cbnsquénﬁly, fi& f&?@%l?lrﬁgiﬁﬁdpgleﬂ%ﬁﬁﬁ#ﬁf%qﬂrédﬁdFﬁﬁfed&@deFaflo bEay be

adapt eddfa@ttetgit i forzi rtgaauazﬁmutomdwavhag fa sl | Engmedgintpar tthehi £hefySency

aI|a5|@g 51 8€, by@g@ 3 uQﬁeqHﬁgf n? *? eﬂgpged %etge secondgencgggr
alrin

120, i.e. using a stop wr ndow Wi t R ge part
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second_encoder 120 conprises an encoded representation of t sanp
proces<ef |dﬁttaﬁésprfé’c,red?|% MAGTa SNy -frse s i tWiKL the 99% squt |kP|%l@l‘®ma| n

al i asi ng introducing encoder 110. In other mordz t he outpgt of ;he EEBSt
time daonuain_ali,asing intyoducj encoder 10 an e second, encoder may
be coo?8|nSP§8d6?ePﬁ8 ﬁg?ol#e? S§30° A3 &%%?lnth%fl%th?as¥?Ef??%%l%%rt of
t he eneodedeaudlbOsanpiesohe@qudntﬁyrse tadapdedarmnalmasm@g antsosuei ng
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secondencoder 120. The controller can ér-a apted
cross- &G nyindev feeFY- dut Ghepéﬁéodewlﬁhppé fathegdPnaihe @ﬁi@ﬁl@@coder

The combireblver,130heay ihe radephedaba shardl it RPCOREr8RELYEY encoder
110 can be adapted for using 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 encoded by the second
encoder 120, i.e. the first time-domain aliasing introducing
encoder 110 utilizes a stop window, having a rising edge part
which is aliasing-free. Consequently, the first time-domain
aliasing introducing encoder 110 may be adapted for utilizing
a window having a falling edge part which is aliasing-free,
when a subsequent 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 sequence of
frames of the second encoder 120 comprises an encoded
representation of the samples processed 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 ihtroducing enceder 110 and the
second encoder 120 may be coordinated by the controller 130 in
a way, that a aliasing-free part of the encoded audio samples
from the first time domain aliasing introducing encoder 110

overlaps with the encoded audio samples output by the second



120 such that the coding warmup period nunber of audi o sanples overl aps
the aliasing-free part of the start window of the first time-domain

al i asi ng wotznodwsisag encoder 110 and a subsequent fr amne Pofi/RPR@9memsond
encoder 120 overlaps with the aliasing part of the stop wi ndow. |In other
words, the controller 130 may coordi nate the second encoder 120 such, that
for thensodiery habm Uhegecicod redd-eal | d3ed caurdi besafmrttetsear adapaidablerfrom
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fromthe first tine omaln al 1 asi ng i ntroducing enco e ha mup
per i od 941eThENEOSSFd encoder 120 has termni nated and encoded audi o sanpl es
are avai l-abl e at t he output of the second encoder 120 in a regular manner.
The controller further apted to start the second encoder 120
such t i‘t ﬁ?e“tcfo ]rfgrv\lagﬁrﬁﬁyp ofbéj 9 apR FFERtt Fdeal SRy PAFPIBE t he
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still be adapted for cross-fading between the two su enc
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COﬂtr0|do€17trb3QeCran196 fmﬁ heto AdaptAL f @heSWELEHh AT efr{cQ;lBéﬁelleof skugncoder
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modi f yith PLekBAd F9H gngw?ET“eUPn Regdish ‘éo?oa%%\i“?%ﬂl Ry K ons 2RRLE R st

time dam nagkiidsbig i froeducthey enceder eddbdee theosecand emgederoA) or

for nmo ifivl t o] r ndow,of the first encoder,
wher ei (r% t)ée%%ecatc}ﬁjdﬁ% ?%rﬁn&glg %91[8 ‘3%%?%%3%%& | &Gi° ftnl LStther o r gemain’
thecontarldlalsérngl3Bn‘ééﬁdlé@laGapﬂwC¥€m $WOt cHihey baa:kt apd Heriwd d ofet peen t he

two au@die@RRCOSLESder 120 has terminated and encoded audio samples
are available at the output of the second encoder 120 in a

regular manner.

The controller 130 may be further adapted to start the second
encoder 120 such that the coding warm-up period overlaps with
the aliasing part of the start window. In this embodiment,
during the overlap part, aliased audio samples are available
from the output of the first time domain aliésing introducing
encoder 110, and at the output of the second encoder 120
encoded audio samples of the warm-up period, which may
experience an increased quantization noise, may be available.
The controller 130 may still be adapted for cross-fading
between the two sub-optimally encoded audio sequences during

an overlap period.

In further embodiments the controller 130 can be further
adapted for switching from the first encoder 110 in response
to a different characteristic of the audio samples and for
modifying the second framing rule in response to switching
from the first time domain aliasing introducing encoder 110 to
the second encoder 120 or for modifying the start window or
the stop window of the first encoder, wherein the second

framing rule remains unmodified. In other words, the



I n other enbodi nents the controller 130 can be adapted to start the first
ti me-domain aliasing introduci ng encoder 110 such that the aliasing-free
part of twe 2stoap3ssBndow overlaps with the frame of the sermpdooonewder 120.
In other words, in enbodinments the controller my be adapted to cross-fade
bet ween the outputs of the two encoders. In sonme enbodi nents, the output of
t he se€oR8rendederli® ¢adedeordamied efonl ;s“subﬁpltngralbbgzkemmﬁeﬂorwzaed

al i asegdeaudea saePkes LA R dddests time domain aliasing introducing
encoder 110 are faded in. In other enbodinents, the controller 130 may be

adapted for cross-fading between a franme of the second encoder 120 and
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time-d | Si.n nt,r.oduci ng encoder 110 nm ri se an AAC encoder
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second_enc conmpri se an encé accor P-t3GPP
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rul e suphimbatya e‘ncrcs:tedqlle sdperafliase o oapdi sesahpie AR dh aee, Mhese
according t(&ogntgﬁ verrentl oneﬁbggchm cal specification, %isu per f rarre

conpri &S f oUr las&l\?ﬁf% UCHABarBCRAgT 410 12hF e£26°6n iPageln8 and
Fig. 50©hepag@m20d@fr\enhe,abblve neon £ ooetle FechBd caha Bpeasé f iacddposd Asowi | |

be furthessdebakhgd halwkn the epgholder (120 canbe adapteq fopoaddigg an
extra frame_to an%ANR superfrane. élCFOdéeth H?rengg

super f FaRE2¢4ASHE %él“}eﬁeefb)‘fh&pééﬁéltn@nﬁpéﬁ?é atl&-he begi nni ngor end of any
superfrane, i.e. the framng rules may as well be matched at the end of a
SuperngnEembodlments, the first time-domain aliasing introducing
encoder 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/SC29/WG1l1

Moving Pictures Expert Group, 1997.

In embodiments, the second encoder 120 may comprise 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 1is to be noted that in embodiments

superframe can be modified by appending frame at the beginning



Fig. Ib shows an enbodi nent of an audi o decoder 150 for decodi ng encoded
frames of audi o sanples. The audi o decoder 150 conprises a first tine
dormai n alwe2prigodssdr oduci ng decoder 160 for decodi ng audcCo/EPacmloessi n a
first decoding domain. The first tinel8donmain aliasing introduci ng encoder
160 has a first framng rule, a start wi ndow and a stop wi ndow. The audi o
decodepr130d wf henycompasiasine setodd dbeodaranlitly f puleecodiyng saude bl

sanpl egei fagcseeoRd deeoding oc@@ighpeyﬁa%ﬁecond decoder 170 has a
predeterm ned franme size nunber of audio sanples and a codi ng war m up

peri od nunber of audio sanples. Furthernore, the second decoder 170 has a
di ffer gny.setondshsas ngn r Wnbodideme of the sgeerd deeeder 17§0mayor

correspond ;to an decoded representation of a nunber of tinely subsequent
2udi o SaTBRABe T eIt Re TR PL. GHULO « SAFRACHr edater ARG T98Re0Er ze
nunber 160 authpr isamplestidie aideoddeaddenliz@ ing tiedr &ipingede@oder
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the enéaded frimee dsfmaaiudi dl sanph@sintheder Anghencoderollédr HB0 a sfadapt ed
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first tinme domain introduci ng decoder 160 to the secon or for

nodi f yPRGOERE stladt vitdd®or ¢ABPEESBSw AdowesPndhe dagosiedechtier 180,

wher ei detbaisgcend ifo gl ¢l £nr emakBsnuNRACHI G ReEardl Nthd osébenabove
descri tiog as, ;Qrkgxa | e i% t he AAC choder and decoder, start and stop
wi ndows CEPEEppt | 8d Pat° t Re RERTHT TR S| (FT80%,t STRS . OAccHrHAg to

t he abewampdescrarpt i an codinge wadhoupneederdl(0imiddre abGdiamdiec oslenp 168.
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frame of decoded . .
audio 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 1is 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 or 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 AAC
encoder and decoder, start and stop windows are applied at the
encoder as well as at the decoder. According to the above
description of the audio 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.



audi o sanples to the tinme domain. The first tinme domain aliasing

i ntroduci ng decoder 160 can be adapted for weighting the first decoded
frame w twotzhw/®smst w ndow when a subsequent frame is aetageaohyssshe
second decoder 170 and/or for weighti®g the first decoded frame with the
stop wi ndow when a preceding frane is to be decoded by the second decoder
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In embodiments, the first time domain 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 been decoded by the second decoder 170 and/or the
first time domain aliasing introducing decoder 160 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 of the second decoder 170 comprises a decoded
representation of a sample processed 1in 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
the aliasing-free part of the start window of the first

domain aliasing introducing decoder 160 and a subsequent

with
time

frame



domai n aliasing introduci ng decoder 160 and a subsequent franeof the second
decoder 170 overlaps with the aliasing part of the stop window. In other
enbodi mrenwe,20tome3ssent rol | er 180 can be adapted to start pchEPI@oOn@sdecoder
170 such that the coding warmup peri2®d overlaps with the aliasing part of
the start window. In other enbodinents, the controller 180 can be further
adapt ed> f orhswistecioingg dearmidhel 36cove rdegederi 370the tdie 4irs§ gesodeyr 160

in responseds, am il cation fromthe encoded audi o sanples and for
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terms of a flag, a bit or any side information along with the
encoded frames.

In embodiments, the controller 180 can be adapted to start the
first time domain aliasing introducing decoder 160 such that
the aliasing part of the stop window overlaps with a frame of

the second decoder 170.

The controller 180 can be adapted for applying a cross-fading
between consecutive frames of decoded audio samples of the
different decoders. Furthermore, the controller 180 can be
adapted for determining an aliasing in an aliasing part of the
start or stop window from a decoded frame of the second
decoder 170 and the controller 180 can be adapted for reducing
the aliasing in the aliasing part based on the aliasing
determined.

In embodiments, the controller 180 can be further adapted for
discarding the coding warm-up period of audio samples 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



2 ] . The nodified discrete cosine transformis a Fourierrelated transform
based on the type-1V discrete cosine transform (DCT-1V = Discrete Cosine

Tr ansf or rvOyepm/dos§63, with the additional property of beiPog/HPa@EeM6si . . it
is designed to be perforned on consecltive blocks of a |arger dataset,
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AAC- SSR variant (by Sony) uses a fourband
The MDCT was proposed by Princen, Johnson, and Bradley in
1987, following earlier (1986) work by Princen and Bradley to
develop the MDCT's underlying principle of time-domain
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
combinations, which can also be used in embodiments by the
time 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 1is postprocessed by an alias
reduction formula to 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 MDCTL 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.



PQF bank foll owed by an MDCT. ATRAC (ATRAC = Adaptive TRansform Audi o

Codi ng) uses stacked quadrature mrror filters (QW) followed by an MDCT. A
s a | appesiotzoawmBssBm the MDCT is a bit unusual conpar e@Cr®EPaOI4I651
Fourier-related transforns in that it22has half a s many outputs a s inputs
(instead o f the sanme nunber) . In particular, it is a linear function F :
R2N -> RN, where R denotes the set of real nunbers. The 2N real nunbers xo,

o, XAN- b qéﬁ;ﬁé@f@fgﬁgfb@ho thee el 19,”%*)%?& XﬂnusualXU‘oh\ C{éﬁd%&g to

the formula in Fig. 2a._The normal i zati on coefficient in fron
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overlapplng | ocks, causing the errors to cancel and oflglnar atd to b
e retrPEFRAIIPH| §0t BBNITQEAULS KMo s 23 -me- domai n al i asing cancel I ation
(TDAC) . The INDCTtransforms N real nunbers X0, ..., XN-i into 2N real
nunbers. yo, z -i .according to the fornmula in Fig. 2b. Like for the

DCT- IVThSnHBFf“ﬁ&d&ﬁéllotnraﬁfﬁ ifigHe tmvEFSREHES ttI*Péssd:r’Fé”?scﬁ‘?ﬁr%vs heee
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"VoCT ERaareRe SRy i P E et Bhk o ReR S TR e g %?iect
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possi ble to conpute the same thing with only O(Nlog N ) conpl eX|ty b y
recurswely factorizing the conputation, as in the fast Fourier transform
(FFT) . TBRe %%\ﬁe’éis%ob’a?%puf-é NECTED vias of Rér IMRFEf oBpsause 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
IMDCTs of subsequent overlapping blocks, causing the errors to
cancel and the original data to be retrieved; this technique

is known as time-domain aliasing cancellation (TDAC).

The IMDCT transforms N real numbers Xg, ..., Xy-1 into 2N real
numbers yo, ..., Yzn-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.

In 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 O(N?) operations, it is possible to compute the same
thing with only O(N 1log N) complexity by recursively
factorizing the computation, as in the fast Fourier transform
(FFT). One can also compute MDCTs 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



typically a DFT (FFT) or a DCT, conbined with O(N) pre- and post-processing
steps. Also, as described below, any algorithnfor the DCT-1V i nmedi ately
provi des wormetamosseBo conpute the MDCT and | MDCT o f eveRCIiEP2009l0mn65Y pi cal

si gnal - conpressi on applications, the ransform properties are further

i nproved by using a w ndow function wn (n=20 ..., 2N-1) that is
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before the MDCT and after the IMDCT. In principle, x and y could have
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considered first.

The transform remains invertible, 1i.e. TDAC works, for a
symmetric window w, = Wyy-1-n, 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
Vorbis. AC-3 uses a Kaiser-Bessel derived (KBD = Kaiser-Bessel

Derived) window, and MPEG-4 AAC can also use a KBD window.

Note that windows applied to the MDCT are different from
windows used for other types of signal analysis, 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 is 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, important properties 1like TDAC can be easily
derived.



carefully, inportant properties |like TDAC can b e easily derived.In order
to define the precise relationship to the DCT-1V, one nust realize that the
DCT- 1V cowoespans3t o al t ernati ng even/ odd boundary con@CriEPa@9/004651 S even
at its left boundary (around n=-1/2) 24 odd at its right boundary (around
n=N-1/2), and so on (instead of periodic boundaries as for a DFT) . This
follows fromthe identities given in Fig. 2f. Thus, if its inputs are an
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Sim | ashyayt ke |(M)CEfor bul axgs menyi d.above 2 of the
DCT-1V r\/\/r‘_?lych isits ng mvggse) ,s\/\%greest%hgy}oﬁa%u%r ngﬁl’fr{%dd b@n%% and

extendé(a ??/?%t‘?ﬁe bbUnbar§re6n8Ftieéns) to a length 2N. The inverse DCT-1V
woul d sinply give back the inputs (-cRd, a-bR) fromabove. Wen this is

shifte t ende he ,boupdar ond| one obtains the result
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reversede N DCT-IV inputs, so they must be "folded" back according

to the boundary conditions described above.

Thus, the MDCT of 2N inputs (a, b, c, d) is exactly equivalent
to a DCT-IV of the N inputs: (-cg-d, a-br), where R denotes
reversal as above. In this way, any algorithm to compute the
DCT-IV can be trivially applied to the MDCT.

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

e, EA;IH " +hq s a aha F+ A~

- a—h_\ frAm ~
a o nen CNnis iS5 SfHlrce and
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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 Dblock
(c, d, e, f). The IMDCT will then yield, analogous to the
above: (c-ds, d-cg, e+fr, ertf) / 2. When this is added with the
previous IMDCT result in the overlapping half, the reversed
terms cancel and one obtains simply (c, d), recovering the
original data.



terms cancel and one obtains sinply (c, d ) , recovering the original
data. The origin of the term"tinme-domain aliasing cancellation” is now

cl ear. Theousw/mwBseBnput data that extend beyond the boumrdarmreandbicshe

| ogical DCT-1V causes the data to be 2l iased in exactly the sane way that
frequenci es beyond the Nyqui st frequency are aliased to | ower frequencies,
except that this aliasing occurs in the tinme domain instead of the

f .h
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by a wi ndow function of’ Iength 2N is supposed. As above, we assune a

symet Li ¢ d n whi ch stherefore of the form(w, z ,zZR W) ,
wher e 5v5n8d% §¥Ve ‘Illjl?eﬁ%l? haKI?Z r\?erc?tlé’r ISl R AERGCEL GPdveryd A8 B&ford Then
t he PrintegeBr adl eyheodiall onscamtbesmmplyera wshhft h@)dﬂﬂddﬂdﬂjcﬁ'ﬁt b@nss and

addi ti gps._ @grfqrnrre Lele W S or. | nt |,yr eversi Z
Theref ore, i nst eadgofé |teﬁ he ad‘?ﬂg‘ﬂ %BET lFt % r}%clv% V\ﬁd S)ample
means that the MDCT IMDCT becomes equ1valent 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, ) are
MDCTed, 1IMDCTed, and added in their overlapping half, we
obtain (¢ + drgcr + d) / 2 + (¢ - dg,d - cr) / 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,zg,wr), where w and z are length-N/2 vectors and R
denotes reversal as before. Then the Princen-Bradley condition
can be written

w42k =(1,1,..)

4

with the multiplications and additions performed elementwise,

or equivalently



is MDCTed with all nultiplications perforned el ementw se. Wien this is

| MDCTed and nultiplied again (el enentw se) by the w ndow function, the

| ast - N hawO 208008363 as di splayed in Fig. 2h. Note that trhe/mEradmiopisstati on
by is no | onger present, because the 26MDCT nornualization differs by a
factor of 2 in the windowed case. Simlarly, the w ndowed MDCT and | MDCT of
(c,d,e,f) yields, inits first-N half according to Fig. 2i. Wen these two
haIveSIuﬁ4ea§ddeuthgpther, the results of Fig. 2 j are obtained, recovering
the original data. In the follow ng, an enbodinment will be detailed in

whi ch the controller 130 on the encoder side and the controller 180 on the
decode&e%EQgin@e%pgghi%Qly, nodi fy the second framng rule in response to
switching fromthe first coding domain to the second coding donain. In the
enbodi nent, a snooth transition in a switched coder, i.e. switching between
AVR- B+ and AAC coding, is achieved. In order to have a snooth transition,
some OVBFFEEOTE e 105 tRA t OdedfRNT1RY dagibgrald)or MPRETNDeR a1l atrgi ord)
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correspandowo AAGcemoodi nghandldsteNi ngadkl | résuptsvi ded. dTeglsgeandin
encoder;120,gnd decoder 170 correspond to AVR-VB+ in ACELP-node . The
enbodi ment corresponds to one option of the respective controllers 130 and
180 in which the framng of the AVR-WB+, i.e. the second framng rule, is
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encoder 0 an coder a sSequerice of
When these two halves are added together, the results of

Fig. 2j 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
coding, 1s achieved. In order to have a smooth transition,
some overlap, i.e. a short segment of a signal or a number of
audio samples, to which both coding modes ‘are applied, 1is
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
AAC encoding and decoding will be provided. The second encoder
120 and decoder 170 correspond to AMR-WB+ in ACELP-mode. The
embodiment corresponds to one option of the respective
controllers 130 and 180 in which the framing of the AMR-WB+,

i.e. the second framing rule, is modified.

Fig. 3 shows a time 1line 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



303 is also shown in Fig. 3 . The sequence of AAC short wi ndows 303 is
term nated by an AAC stop w ndow 304, which starts a sequence of AAC |ong
wi ndows .wocomrmBsseg to the above description, it is assecEdr2evsbhsspresent
enbodi nent that the second encoder 120, decoder 170, respectively, utilize
t he ACELP node of the AMR-WB+ . The AMR-WB+ utilizes frames of equal size
of whi ehngdodeqifthcés32Gedks sabwaenn leingg Bram&sgand sétovst a reageencer of

-fi fr ifker e t ypes rdin .t he ACELP ipn_ ANR-V\B+ .
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first pggt 18R 158 §NSERr ddt I t he- dERBdERTUEECENPE PéCersdaid thindois ng

war m up0penisodt @fmihet secoyd @ncader sk hbﬂdéeC@%,deﬁ@ﬂ@rg §€@rts a
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shows #@BCHbEEiPRandtt iighsas$umedf fomthaC %nem Vﬁﬁbgdgrgihﬂ; ‘vb{i:]att o;}épAC. dl n
one enbsdbABNtend typiggl I o] n : e codec
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the fadfhbFpdied%f AthetBearAYRT BB wi v MMRHBAACtcodees | framese scond

fram ngqual esisemadi firtitbh ACCOEGh8HcEO3RI0T 13 andlle {1 apshti gns (firomAAC to
AVR- VB, i.e._fromthe first timealijasing introducing encoder 110 to the
second” éhcdde? 12014 The 4 rsFEr?'i}r?ef-%f]f ast Tf"¢ it 1 dudtid deetdert Y6 t o
the seeondrdécgdér 1M0s AEBpECtinyeAYR-WB+hamdifed ebys ks 11y t iecAA@ AT am Eg
and extgndidag & he i degmi g frape, at t ransition i.n order to cover the
overlap. The ANR- V\B+rr§8pgr fand a{@(% he™t EBnil fnlogﬁ, le.Se..tr}}GhegF??l%Pg Ofe_
super f FRFeA8EHF sude Hhgt She uSessti sepkrimesei iAleats ofofpuli setheoff i ft h
frame coverif@nee 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 transitions, i.e. from AAC to AMR-WR+
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

increaced +o Averla
increased TC Qover

i lap the fading
part of the start/stop window of the AAC 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 encoder 120 or
the first time-aliasing introducing decoder 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



overlap. This introduces data overhead, however, theenbodi ment provides the
advantage that a snooth transition between AAC and AVR-\WB+ nodes is
ensured. WO 2alwmwasdy nmenti oned above, the controller 130pcarEpb@omompt ed f or
swi tching between the two codi ng domed8ns based on the characteristic of the
audi o sanples where different analysis or different options are

concei eablogimeat eraApidest heheomdvineagd 3Gty sw smbothe todhsgthode

based @R taestatiaenaiy MACEN Radd ansi&nt, fraction of the signal. Another
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for deter iniaugiy hteshasAcl eaboiess tofe tddn @t Do SaMBbeSar bd heakgtbgwi ng,
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part of an enbodi nent. Specifically, a volced speech is illTustrat 'n Fig.
4a in PREUhEFe Wnlh WAHLAN b gto 45Wilﬁc¥1h@afsr%§u§hcyhél§hﬁﬂfn thed @gdio
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The short-term spectrum of voiced speech

Exemplarily, reference is made to Figs. 4a and 4b, 5a and 5b,
respectively. Quasi-periodic impulse-like signal segments or
signal portions and noise-like signal segments or signal
portions are exemplarily discussed. Generally, the controllers
130, 180 can be adapted for deciding based on different
criteria, as e.qg. staticnarity, transience, spectral
whiteness, etc. In the following an example criteria is given
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 quasi-
periodic impulse-like signal portion, and an unvoiced speech
segment as an example for a noise-like signal

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

Speech can generally be classified as voiced, unvoiced or
mixed. Voiced speech is 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 veoiced 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 consequence of the quasi-periodicity

of speech and may be attributed to the vibrating vocal cords.



is characterized by its fine and formant structure. The fine harnonic
structure is a consequence of the quasi-periodicity of speech and nay be
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For the, average vocal tract there are 3 to 5 formants
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can be nar rti.on | he tinme domain as, illustrated in Fig. 5a or
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ShOMIpe%ggggg speech production systems as follows. Exciting the
vocal tract with quasi-periodic glottal air pulses generated
by the vibrating vocal cords produces voiced speech. The
frequency of the periodic pulses 1is referred to as the
fundamental frequency or pitch. Forcing air through a
constriction in the vocal tract produces unvoiced speech.
Nasal sounds are due to the acoustic coupling of the nasal
tract to the vocal tract, and plosive sounds are reduced by
abruptly reducing the air pressure, which was built up behind
the closure in the tract.

Thus, a noise-like portion of the audic signal can be a
stationary portion in the time domain as illustrated in
Fig. 5a or a stationary portion in the frequency domain, which
is different from the quasi-periodic impulse-like portion as
illustrated for example in Fig. 4a, due to the fact that the
stationary portion in the time domain does not show permanent
repeating pulses. As will be outlined later on, however, the
differentiation between noise-like portions and quasi-periodic
impulse-like portions can also be observed after a LPC for the
excitation signal. The LPC is a method which models the vocal
tract and the excitation of the vocal tracts. When the

frequency domain of the signal is considered, impulse-like



repeating pulses. As will be outlined | ater on, however, the
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Fig. 6. Detajls, of CELP. en ger can al so .found ,in "S eecg Coding: A
tutori é'er'evféer}ﬁ?l,' A?\%?ee%%a%ﬁ‘é%? s, %Pr c?gg_dg e %I‘:kif, et ?rhﬁ%lﬁo,
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conmponent 62. Furthernore, a codebook is used which ,
tonal, can also be performed frequency-selective so that a
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 time 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. 84, No. 10, October
1994, pp. 1541-1582. The CELP encoder as illustrated in Fig. 6
includes a long-term prediction component 60 and a short-term
prediction component 62. Furthermore, a codebook is used which
is indicated at 64. A perceptual weighting filter W(z) is
implemented at 66, and an error minimization controller 1is
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 62, which calculates the error
between the weighted synthesis signal at the output of block
66 and the actual weighted signal sy (n).



is indicated at 64. A perceptual weighting filter Wz) is inplenented at
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anal ysi s-by-synthesis schene illustrated in Fig. 6 . It is to be noted,
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g selected such that the perceptually weighted mean square error

is minimized. The search process in CELP is evident from the
analysis-by-synthesis scheme illustrated in Fig. 6. It 1is to
be noted, that Fig. 6 only 1illustrates an example of an
analysis-by-synthesis CELP and that embodiments shall not be
limited to the structure shown in Fig. 6.

In CELP, the long-term predictor is often implemented as an
adaptive codebook containing the previous 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 error. 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 weighting filters.,



vectors, one from an adapti ve codebook and one froma fixed codebook. The
perceptual weighting filter in AMR-WB+ is based on the LPC filter, thus the
per cept uavbyowaiogtsBed signal is a formof an LPC donai nP€irgrasns/ob4sst he
transform domain coder used in AMR-WB2, the transformis applied to the
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5igna may called excitation signal or

excitation frame (usually after being encoded).

Fig. B8a shows another time sequence of windows achieved with
another embodiment. In the embodiment considered in the
following, the AMR-WB+ codec corresponds to the second encoder
120 and the AAC codec corresponds to the first time domain
aliasing introducing encoder 110. The following embodiment
keeps the AMR-WB+ codec framing, i.e. the second framing rule
remains unmodified, but the windowing in the transition from
the AMR-WB+ codec to the AAC codec is modified, the start/stop
windows of the AAC codec is manipulated. In other words, the

AAC codec windowing will be longer at the transition.

Figs. 8a and 8b illustrate this embodiment. Both Figures show
a sequence of conventional AAC windows 801 where, in Fig. 8a a
new modified stop window 802 is introduced and in Fig. 8b, a
new stop/start window 803. With respect to the ACELP, similar
framing is depicted as has already been described with respect
to the embodiment in Fig. 3 is used. In the embodiment
resulting in the window sequence as depicted in Figs. 8a and
8b, it is assumed that the normal AAC codec framing is not

kept, i.e. the modified start, stop or start/stop windows are



AAC codec windowing will be longer at the transition. Figs. 8a and 8b
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i nfor t|on conpri s rst zero part, in which the w ndow mas
sanpl e gngﬁnarﬁyﬁﬁéglﬁg , in which the sanples of a frane, i.e. an

i nput ti rre dormain franme or an overlapping tinme donmain frame, may be passed
t hr oughpunoedi fied; a t r rt [ ai n.mpsks sanples_at the
end of a ram::fe nzLn Eg?@v\oftgdudov\%\nﬁn ovvl%r?(ffri \Sﬁgt%l 6ra% §7gEe LppPrEl, Which

suppre§§n§°H&ﬁﬂer 1pf gsarplRds ofild Peanetimpduded.st zero part, pass through
sanples in a second bypass part, and then suppress sanples at the end of a

frame %Qg? Bhlégpicts a general rectangular window in which the
'
window sequence 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 be 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 sequence 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



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
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sinply has a value of 1, i.e. the sad¥ples are passed through unnodifi ed,
i.e. the window ng function swtches through the sanples of the frane. Fig.
10 showsighot hertentsadi nebhe ofcca s dutod ngasequaencéade wundovpawge f unagiyi on,

wher ei RupfaR Mo e ri_ges g edge art b t ween
e 1 1 e he SacoAl BypRat (oY Svaris! T4 17 nguBacs
bet weerPtdfe S¥ToRAt bppddsypast i weplqufzénh@ ;yavmtamrngrmgeedge
part cailal so be considered as a fade-in part and the fallingedge part can
be considered as a fade-out part. In enbodinents, the second bypass part
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t he mnmdmmcﬁegag asr endy m%ebh&dﬂfk&éhéﬁtiﬁe”%ol%@% H@%'ﬂkﬁ%fkﬁ§%tzer°
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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 first zero part 1is folded,
followed 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;

I

nextwindowSequence

}

else {

nextwindowSequence
}
/* Block Switching based on ACELP Switching Decision */
if (next frame is AMR) {
nextwindowSequence = SHORT_ WINDOW;

LONG_WINDOW;



overl apped with the follow ng window The enbodi ment can be described using
a pseudo code as well, which is exenplified by: /* Block Sw tching based on
attacks *wolzbiofoosssere i s an attack) { nextw ndowSequenc@CEEBHORDOMENDON }
el se { nextw ndowSequence = LONG WNDSW } /* Block Switching based on
ACELP Swi t ching Decision */ if (next frame is AMR) { nextw ndowSequence =
SHORT W NDOW }/* Bl ock Switching based on ACELP Swi tchi ng Deci sion for

x i AVR) {
et i ndouSeaace LSBT Ron e A CEL Y S ER A Fcﬁmopo?fto
STODSTWRN‘”&M@M 2 iF (nextw ndoWSequence == SHORT WNDCW { i
(Wi ndowSeiquenes: 1= SﬁMW@@)néxW f‘flﬁﬂﬁ@e%eﬂl ment depl cted in Fig.

STOPSTART WNI%QN 5 Com ng back to t
11, there i Wféo‘“’azﬁﬁ‘%&ﬁ}rfﬁe oI P EERPPEnI WEhin the rising edge part of

the wi nddw, which extends across 128 sanples. Since this section overl aps
with the | ast ACELP frame 1104, the output of the ACELP frame 1104 can be
used for time aliasing cancellation in the rising edge part. The aliasing
cancel | at'Bdrpdarbwid duirmng eﬁme&TQEﬁTAMtWIﬂéD@l@rrhlﬁzw in the frequency

donmi n, in lijimne ety e bﬁ%@f%ggw) h ot her words, the
out put of the Iast ACELP f may
if (w1ndowSequence == STOP _WINDOW 1152) {

windowSequence = STOPSTART_WINDOW 1152;

}

}
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 1104, the output of
the ACELP frame 1104 <can be wused 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, i.e.
the second framing rule. Further, it also adapts the frequency
domain coder, 1i.e. the time domain aliasing introducing
encoder 110 (AAC), 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



transforned to the frequency domain and then overlap with the rising edge
part of the nodified stop wi ndow 802. Alternatively TDA or TDAC nay be

appl i ed twotzhm/doasB ACELP franme before overl apping it wpCh/EPR@Inissng edge
part of the nodified stop wi ndow 802.36The above-descri bed enbodi nent
reduces the overhead generated at the transitions. It also renoves the need
for anytihmbdfireht itdme tdomaenf pddiamg nof  irter dduei g mabbecodi 1@, ahde .t Hhe

second Ja@uHdIg cbile:  EUD! Melecdde L sa @laphy theefT e ueney. £ flogpi n goder

i.e. the time domain aljasi n%g]l ntroduci ng encoder’
usual | VHIRAGIMSExi B viifaser Fdeof aBvensibbecathah amllﬂ@nbtme oftcco@bihicgi ent s

to tralt&lpéciahlall’yaatl MdeMI rkmr1llll e Eh%fs 1 In.the
fol | ow ng, another enbodi meaﬁgvvl 1. be descri bed, %‘%h I‘OVI des%%Start
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al i asi rﬁgnhcrrtmmium g vdoder allficdandithe s&corwlta:@@erwlmw deGadens 166

170, r his 0 prowdestheav t age that noi se ueto
TDAC, gC:lpem H%lsymg-r | ow %q% @HE % tas®t oft fﬂ r S49feghaFt of

pr ocedire s deé‘heTh@O@d\famdag@tlas?tacwuevie@ bysanaerrbodl-ﬁ?mtneh@‘ibng a
nodi fi ed ¥RYw,St 8k 4+ WiRdo t Si n_the right art el
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the w dowdquarsdies, beher ay i@ olidi nglrﬁ@lgilgélltiﬁe AYRET.  fponsgquent]y, the
vmndOW|§nt| al i asi At the sane tine e overlap reglon can be
y

free,
reduced By ‘e odl%(?ﬁg ond 1 87 62N RifpIresiucest &u %W‘bcl@gn%%%l dawn| o
enbodi rEntssmptliees duditeashcoler28l (a1 4he audi o decoder 150 nmay take a
certain tine before being in a pernanent and stable state. In other words,
during the start-up period of the tinme domain coder, i.e. the second
encoderl M FPRHH TS t Heh@letedie enM0pdgrcadfaior ttilree dgdrequecedetrnipoder
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the state. In other words, during the start-up period of the time
domain coder, i.e. the second encoder 120 and also the decoder
170, a certain time is required in order to initiate, for
example, the coefficients of an LPC. In order to smooth the
error in case of reset, in embodiments, the left part of an
AMR-WB+ input signal may be windowed with a short sine window
at the encoder 120, for example, having a length of 64
samples. Furthermore, the left part of the synthesis signal
may be windowed with the same signal at the second decoder
170. In this way, the squared sine window can be applied
similar to AAC, applying the squared sine to the right part of
its start window.

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,
64 samples. Fig. 12 shows a time 1line 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+ pait 1203
overlapping with the AAC window 1201 and overlapping region
1202, which extends across 64 samples. The AMR-WB+ part is

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



error in case of reset, in enbodinents, the left part of an AVR WB+ i nput
signal may be wi ndowed with a short sine window at the encoder 120, for
exanpl e, wewenrgoassBengt h of 64 sanpl es. Furthernore, thechrarropanicsof the
synt hesi s signal may be w ndowed w t 87t he sane signal at the second decoder
170. In this way, the squared sine wi ndow can be applied simlar to AAC
appl ying the squared sine to the right part of its start w ndow. Usi ng this

W ndowhRgo rd ngn @&qulg”Eniz thed ré@ﬁb&&ﬂ nkr éﬁﬁi%é OtﬁlgR )ygs é:g{'% ¥8a

carried_qut without tine-aliasing and can edo
si ne whhdewiRg-trEe &%é}r%?IWe ong A hey laas 1 tEiqp flxzansrw«‘s raptAwwmhe
exenplifying a transition fromAAC to AI\/R-V\B+ and back to AAC. Fig. 12

shows rt ndo 120 the AVR- W\B+ part 1203
over | agfﬂ ng‘\}v{%S % d’b?léll%dfi aﬁHa feMigfsing 32gibn 1E2020PWhedh
ext endghaar o‘ssaﬁalsampl eﬁroxﬁ'h&PNVR-t‘vﬁB+AMB.T—WBI+S dol lvpred By AAE stee
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enbodi ment applies the respectrve alia

f r om AAECcPdeAVROVB+ reppgctiediyspl ays the nodified start window, as it is
applied when transiting fromAAC to AVR-VB+ on both sides at the encoder
100 and t he decoder 150, the encoder 110 and t he decoder 160, respectively.
The wi RBEW"dESoM SFRIFTSY. in3Fifend ) Hltothet hak stheefd rar tz4mp npart

presenﬁs'Hﬁtvpfﬁg@hﬁtamh% MiHHOWW@WaEtEhrh@%t“éNJW @Qgﬁ @N§1rﬂgﬁﬁ

ext ends ,across, 102 %ﬂnﬂ S, é? nﬁé?lng axis i's . in e mddle of the
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si de ofxtike 1150214n|nhermalddl,és afantie 36ea flrrﬂmrﬁlag. diowi hent Hirgd zez o part
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edge paktends to 512 samples, 1i.e. there is no aliasing at the
right-hand part of the entire window, i.e. the bypass part
extends 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 1is 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 a
quarter of the entire MDTC size. The complemeﬁtary square sine
window is then applied on the last 64 decoded samples of the



extends across 64 sanples, providing the advantage that the cross-over
section is narrow. The 64 sanple interval is used for cross-fading,
however, WO 2al0/@3368g i s present in this interval. TherefPor&rP2amiogsssoW
overhead is introduced. Enbodi nents w#Bth the above-described nodified
wi ndows are able to avoid encoding too nmuch overhead information, i.e.
encodi AyRsdity ofegrinsanpheset wivoe.c AcToriidey vondibes apeveideser i gét oa,
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according to one e ere y| ng agal t he
AAC Wi FFGRSTEIEE T df@nmy tied over l ap to 64 sanpl es. Ther ef ore, the
nodi fied stop window is | engthened to 2304 sanples in one enbodi nent and is

used |n an 2-point MDCT. The |eft-hand part of the wi ndow can be nade
ti me- alfit&si n% £ u5§r5§§?nrﬁ NG RARW f £9&- |Weaf tEpNEREIRDCE FB dfGY¥RIFs. In
ot her war dsAC bysmaki ngayhed i a5plzea0 aparthé aegebdehan go qyaakeri of ohbe
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wi ndows ap@rleist, tio. et thesfosh taeamsipaon éxoanAh/Ra‘destso A bamplmsti ng
the overheaddnansmiled inf gyt iop. - agge%‘i& |SBERLES & M NAIL [T, ! he

transition fro t he encoder B si de
i n one be#vedi ﬁéﬁtasth'(,fe\fﬁebe §"@@n ?Iﬂféztsst héaﬂél dﬁ‘n‘gréﬁl sihs pheersézénd

sanpl eguarter 8 fdeSt wzRHOwPArt. £Xt gRAS raCI PSS safB18@MPLES. iHNi Sther
consequences in the |eft-hand sj df?of the .entire w ndow bei ng

al i asi NG ee. 19 BP¥SRIf &de stAf 8NP n arAs -seldhdCyaart efradcﬁ thetWPRdow,
i .e. afiter. 57hé sasphesedye ipumt hef whedssifdist beyondehherd ohsipgwadi s.

The craqss f,a ct i er sin dge part of the w ndow can then be
narrowce& 6f4 %} el %rs%cé’cfgglr(ﬂtnqg tElo gl4314 Fig. 15 shows the w ndow for

t he tranS| t| on .from AMR-VWB+ t o ACC appl ied at the decoder 150 side in one

embodi raRt,. THe sWoRdOWHS ShAKLAN 45 t hEeWdQW desq! | bedni AME -Gis 14t such
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;
}



t hat applying both wi ndows through the sanples bei ng encoded and then
decoded again results in a squared sine window. The follow ng pseudo code
descri beswanomnmoadnent of a start w ndow sel ecti on pro®euEPR)OINNMMBAL
switching from AAC to AMRWB+. These e¥bodi ments can al so be descri bed using
a pseudo code as, for exanple: /* Adjust to allowed Wndow Sequence */ if

( next vEmtowSegnescas==dSHORTb & NBOA e[ +éd(vkndewSeqeracatsa LONGHENDOW {

if (actpal; fr i;S...n & xt, frane_is_AVR) { w ndowSequence =
START 9 NDORP AR o1 26 o fo T e R LEET AR AR NN 1 Tt hihe s as
descr i beddabsvdurépdcé rens idoer atMerr everheathefei rftboddmieort sbyp usi inde snal |
over | apnhLeginsni 0 ti 'nQﬁm§ urd nsigd vel, . these
enbodi ?T%%]t .sél pr%r\lli nge&t Egﬁ%vaer?fea%ge t atlgheds%grsfn‘%?l Sfoé\/éel(rjcfhaspwtr)%g?oﬁgstgri;
still Swffietent t'eP s AFh héhll obkPegiast i patisactse. teoShavel sivia

cross §mdbhg. crysbhenmmnhg,. ifurtedueRsd heid npagtcof the hupsi-tofoerdig due
to the stagt gf the tine domain coder, i,e. the second encoder 120, decoder
t Pvefy; by

[
170, rR4pREtPYef 998 CalthA fakt Wt hther hime PRPGLn i Zh Ry
enbodi ueat s sefccnlie peeseteri N1l i ondpcodede tive ,advastpgettihal ysnoashed

Cross-oyer . regi n car i oyt in a multi-nmde audi o encodi ng
concep%nggl ?gﬁgggdgﬁgwg?Pigigﬁggé ?pggtfhe transitional w ndows introduce
only I ow overhead in ternms of additional information to be transmtted.

Nor eoVElimm& PO gh e RNARIR & OobSeHWIl bia0RHe eRRRIR! SN m@&beiagapéﬂfg the
fram ng or w ndow n% of one node to the other. Althouglh sone aspects have
been ded¥anhbadei Aheke TRREED oF L @PS aPPEF atGF10NE iG] Bar camat echeakt

aspect snal $0 meAEseMdeéd audio encoding concept at high coding
efficiency, 1i.e. the transitional windows introduce only low
overhead in terms of additional information to be transmitted.
Moreover, embodiments enable to use multi-mode encoders, while

adapting the framing or windowing of one mode to the other.

Although some aspects have been described in the context of an
apparatus, 1t 1is clear that these aspects also represent a
description of the corresponding method, where a block or
device corresponds to a method step or a feature of a method
step. Analogously, aspects described in the context of a
method step also represent a description of a corresponding

block or item or feature of a corresponding apparatus.

The inventive encoded audio signal can be stored on a digital

edium

storage medium or can be transmitted on a transmission

=

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 1in
software. The implementation can be performed using a digital
storage medium, for example a floppy disk, a DVD, a CD, a ROM,
a PROM, an EPROM, an EEPROM or a FLASH memory, having
electronically readable control signals stored thereon, which
cooperate (or are capable of cooperating) with a programmable

computer system such that the respective method is performed.



description of the correspondi ng nmethod, where a bl ock or device
corresponds to a nethod step or a feature of a nethod step. Anal ogously,
aspects deeepidmesedn the context of a nethod step al so PEPEPI@M04BH51
description of a corresponding block4or itemor feature of a corresponding
apparatus. The inventive encoded audi o signal can be stored on a digital
storage nediumor can be transmtted on a transm ssion nmedi um such as a
wirele | re transnls ion nedi um such as_t he
't or nem DR A e ety MG e oAb D PP feote L Ehbdd Hebe s of
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i npl e at b er g gi tal anpl e
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a floppy disk
menor ySYRESMng %P%Etr%m@%aﬂwyaréﬁaaﬁmé c@ﬁFhQﬁSS|éﬁaPleﬁére@erﬁeneth
whi ch geeperamta.(or are capable of cooperating) with a programmabl e
conputer system such that the respective nethod is perforned. Sone

enbodi ments according to the invention conprise a data carrier having
eIectrGaheahﬂyyveadamGaﬂmHnﬁml sfgnahe, wiederat e cApahteonf eeeperiséi ng

with a syst h_t . t he net hods descri bed
her ei nlﬂé?gérg neﬁﬂyurteyrseﬁg&%?\%ﬁnPgog?cghglgLes?erﬂrqqﬁf‘érhtcf% "tan be
i npl enéhﬁe@mgzaar@om@@erbpmgrmqmﬂﬁm Wiotrh pe pfogmanycores bdlie preogram
code bk RgloRRCLAY & HOr cHRPLELH PG AIRrPTp IR, BOHS Yme% t%ﬁ\&@{@yt er
program product runs on a comput #D gram code for ex

storedTBR aPFeghffRe FedRablay cafforli erexaﬁpd@r @ﬁboéicﬁﬁﬁtds 8NP | §@a<tkh?ene
conput eeapbbgeamnirercper f orm ng one of the nethods described herein, stored
on a machi ne readable carrier. In other words, an enbodi nent of the
inventive nethod is, therefore, a conputer program having a program code
for pePtbem egboddnehttsheamgihioss desccbhpdther pirogramerf dheperforming

one of the methods described herein, stored on a machine

readable carrier.

In other words, an embodiment of the inventive method 1is,
therefore, a computer program having a program code for
performing one of the methods described herein, when the

computer program runs on a computer.

A further embodiment of the inventive methods is, 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.

A further embodiment of the inventive method is, therefore, a
data stream or a sequence of signals representing the computer
program for performing one of the methods described herein.
The data stream or the sequence of signals may for example Pe
configured to Dbe transferred via a data communication

connection, for example via the Internet.

A further embodiment comprises a processing means, for example
a computer, or a programmable logic device, confiqured to or

adapted to perform one of the methods described herein.



conputer programruns on a conputer. A further enbodi ment of the inventive
nmethods is, therefore, a data carrier (or a digital storage nedium or a
conput er reacdatwm3ssedi um) conpri sing, recorded thereon, POE/EPRIVPOIMS1 program
for perform ng one of the nethods destribed herein. A further enbodi nent of
the inventive nmethod is, therefore, a data stream or a sequence of signals
repr es@nt fwgthee @Wﬁwerﬁr ogeARTige perf ocampygtene ndvime nstsiogbled
descr | bRerBBhCLRe BRI SHIRABR!£NenSLAYERERy Obnsl G hd e {100as

exanpl e be confi gur ed to be transferred via conmmuni cat 1 on

connecBfBRT1PEE BRARPPe via the Internet. A further enbodinment conprises a
processi ng neans, for exanple a conputer, or a progranmabl e |ogic device,
config red to or ad pt e erforn1one f the nethods descrlbed herei n. A
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enbodi pestsrabeynpeely riklustyr ahiy @ afr@ivalie apianGitRises of the present
invention. It is understood that nodifications and variations of the
arrangenents and the details described herein will be apparent to others
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scope eag g%fn@e?ﬁg' NG Patent, clal s ando net Ry &p g@% rg;tdoeotcf {15t

presente descri pti'on and expl anation
her ei nmeﬂaifhﬁaf‘clonﬂn andi oVéﬁéQ&épﬂ(slo@)f chrheen@c}”dTarli@%Ylﬁﬂtcﬁ safpd esthe

conpri gkB8ils 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.



a first tinme domain aliasing introducing encoder (110) for encodi ng audio
sanples in a first encoding domain, the first tinme domain aliasing

i ntroduciwg2eromsiss (110) having a first framng rul e, &CItERRa09m4sdDW and a
stop wi ndow; a second encoder (120) f4r encoding sanples in a second

encodi ng domai n, the second encoder (120) having a predeterm ned frane size
nunber of audi o sanples, and a codi §dadasm up peri od nunber of audio

sanpl es, the second encoder (120) having a different second framng rule, a
frame of the second encoder (120) being an encoded representation of a
number of tiATel ViR eqtiefPdandi §189mpl €9 t NGRS beidgoeqaalpilest he
predet er m newnfgraing rsd ze nunber of audio sanples; and a controller (130)
for switching fromthe first encoder (110) to the second encoder (120) in
response to a characteristic of the audio sanples, and for nodifying the
second franiend imdte tiime ekponise 40i ssitghingrbdosihechitpabrencoder £6110)
to the second eng r ) modi f yi the start.w ndpw or the stop
wi ndow of t%g? fi rg]t eﬁééggr %‘Jﬂ‘%];)és wher e‘lgn t rest%se%%ﬁadf?%m Fte F8Rai ns
unnodi fi ed. f2rstThe iamfli dlarioderal109)ngf tharoddcingheercodehe f(iLaoy
time- domai n raldsag) g istiadugt agi encadare ( 120k.00mpr) segod Lradueney doain
transfornmer for transformng a first frame of subsequén Audi’'o sanpl 85 to

t he frequenwr@(ﬂ‘rﬁi n. 3 . The audio encoder (100) of claim?2 , wherein the
first time-domain aliasing introducing encoder (110) is adapted for

wei ghting the | ast frane \éyith start wi ndow when a subsequent frane is
encoded by the®Se¥dnd BNCEFEr {]1 ah@for® M gPRTREEE hd ¥ i3 sESEPRAE
with the stemosdidow whewein preciedi ngetpane iesideoidie ericaried hyvikg second

encoder (12Qreqet ermitfe AUELnENGQARY AJ&%%rOEE”E%éEotQSm%H%ETSé%&raB’
coding warm-up period number of audio samples, the second
encoder (120) having a different second framing rule, a
frame of the second encoder (120) being an encoded
representation of a number of timely subsequent audio
samples, the number being equal to the predetermined frame
size number of audio samples; and
a controller (130) for switching from the first encoder
(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 encoder (110) to the second encoder (120) or

for modifying the start window or the stop window of the

first encoder (110), wherein the second framing rule

remains unmodified.

2. The audio encoder (100) of claim 1, wherein the first
time-domain aliasing introducing encoder (110) comprises a
frequency domain transformer for transforming a first
frame of subsequent audio samples to the frequency domain.

3. The audio encoder (100) of claim 2, wherein the first
time-domain aliasing introducing encoder (110) is adapted
for weighting the last frame with the start window when a

subsequent frame 1is encoded by the second encoder (120)



wherein the frequency domain transforner is adapted for transform ng the
first frame to the frequency donmain based on a nodified discrete cosine

t ransf or msi0I2010/00B468T) and wherein the first tinme domai nPATER2I000H04651

i ntroduci ng encoder (110) is adapted4sor adapting a MDCT size to the start
and/ or stop and/or nodified start and/or stop windows. 5 . The audio
encoder (100)d/48r offer oveipbténgi mpel figst  fngies evhth hehei ssopt wkadfovmai n

al i asi ng i nigaduai ngr £ACQORY (erJaQbe i 55adapt 88 feHcdHdd | %;yngt@eswctodﬂ ndow
and/or a stop mnndOM/haV|ng an aliasing part and/or an aliasingfree part

6 . The audfF¥HRodet?29100) of one of the claims 1 to 5, wherein the first
ti me-domai n aliasing introducing encoder (110) is adapted for utilizing a

start nd and/or. a stop.w nd avi g an alias free, as_a Jising
edge part of§ h&4wt ﬁdoﬁpﬁﬁgﬁrthgﬂ%ﬂecg ing Fra& #ggenc t e §%cond
encoder (l1l2hemith athe f&ld¢quenedgeopann V\tneamssflermelbsawea\daptade fisr

encoded. b L SEoAEhencder 420k and coTPRcaudkn.EREOGLIA0N Ao pne of

the cl ai ns rein t contro o start the
second encdvéra(I@@glfs%%hd@ﬁ§ﬁe¢ﬁe ¢¢$smefﬁéﬁ@séoﬂm@tééﬁUehM@CBf ﬁﬂﬁhes of

the second gncader &ﬁ@%ﬁ@fmm@sd@ﬂa%cggezgs&ﬁer %%%@uc%gofer%ml e
processed in_the preceding aliasing-free part of first encoder (110). 8

. The audi ol Bhtbdér (AtHTF bRE oadeEWe”&:‘-F afar’ré"l%c%rsﬁze Wifer BPR 1St
controll er {d3®ristaslaphedot omstinrictihetaeconddgneodenp( ¥2dHowsuch t hat
t he codi ng warmup period nunber of audi o sanples overlaps with the
aliasing-free part of the start window of the first tinme-donmain

al i asi ngi nt Toeueiueg cenenderdef110)0&nd oftheosebsdquehe f¢laenof 1t heosetond

encoder ( ggg%egaf%'@pg #h LB L Benal ianbig BakhsOhy! DA e RN Mhocter T
i's adapted for utlllzlng a start window and/or a

stop window having an aliasing part and/or an aliasing-

free part.

6. The audio encoder (100) of one of the claims 1 to b5,
wherein the first time-domain aliasing introducing encoder
(110) 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 (120) and at a falling edge part when
the subsequent frame 1is encoded by the second encoder
(120) .

7. The audio encoder (100) of one of the claims 5 or ¢,
wherein the controller (130) 1is adapted to start the
second encoder (120), such that the first frame of a
sequence of frames of the second encoder (120) comprises
an encoded representation of a sample processed in the

preceding aliasing-free part of the first encoder (110).

8. The audio encoder (100) of one of the claims 5 or 6,
wherein the controller (130) 1is adapted to start the
second encoder (120), such that the coding warm-up period
number of audio samples overlaps with the aliasing-free

part of the start window of the first time-domain aliasing



wherein the controller (130) is adapted to start the second encoder (120),
such that the coding warmup period overlaps with the aliasing part of the
start w rdow10l0356¥he audi o encoder (100) of one of thePcCraiPa®9N04661 9 |,
wherein the controller (130) is furtkér adapted for switching fromthe
second encoder (120) to the first encoder (110) in response to a different
char act er i sthgrefluchagaedicodsanplldd) Janshd ot heodiubgiengenite fssrend f raieng
rule in res t ' [ o] o n er_{1 ol fLESt
encoder (11888§§df gern%r_ér’b ify?%ébghe@iﬁrﬁﬂ Bgv gt(r?l%t haeiéfgg%na/i r?ci%\% o] %t he
first encodePe(2t0P, "hREPHn the second franming rule remins unnodified.
11. The audi o encoder of claim 10, wherein the controller (130) is adapted

to start the first tinme donmain asing.introduci ng encoder (110), such
t hat tﬁe al ﬁ:ggi PP t SBFOPRE sﬂ)ﬁggvl rfgfowo&?er‘? p§%teneciiaéﬂ§ o% tRe decond
encoder (120hereif. The aushtorenceder((3IMO) iaf eldaipmell, tvhesehntt hehe

controller i ted . to,start the fjir ti .domai n_al i asi ng.

i ntroduci nggéggégegn?g%%)r, d‘&@% "t hsatfd% hgh%JFi gélenﬁ-o r-eg ﬁlaar]im_o‘fp tfﬁ%rqé?gp

wi ndow over papslapshwathr e efl ivké ngependt erfcader StE20) .wit8lowhe audi o
encoder (100) of one of the clains 1 to 12, wherein the first time-donmain
aliasing encoder (110) conprises_an AAC encoder according to CGeneric Coding
of l\/bvilﬁg PLBEurdidithd ersssEirat eHOAUdIE  ABeareEd thedi 81&@b@FNngt to 9,

| nternati onghebtandattel38381#01h 8@ | EG 3DHCL/iSC2H Welkle MOVA dp FE Gt U S
Cxpert 0 0uBy, A9 To L 0 Sl o shader (100) o anm o pehe elalpe, 1, to
accordi ng tenthdeThi(AdOGener akisponBar ttrerss [l iff frejrac tcHa@E@RR) e r 1 ©chni cal
SpeCifiCati@ﬂe(gadi@65g%81es and for modifying the second framing
rule in response to switching from the second encoder
(120) to the first encoder (110)
or
for modifying the start window or the stop window of the
first encoder (110), wherein the second framing rule

remains unmodified.

11. The audio encoder of claim 10, wherein the controller
(130) is adapted to start the first time domain aliasing
introducing encoder (110), such that the aliasing part of
the stop window overlaps the frame of the second encoder
(120).

12. The audio encoder (100) of claim 11, wherein the
controller (130) is adapted to start the first time domain
aliasing introducing encoder (r110y, such that the
aliasing-free part of the stop window overlaps with a

frame of the second encoder (120).

13. The audio encoder (100) of one of the claims 1 to 12,
wherein the first time-domain aliasing encoder (110)
comprises an AAC encoder according to Generic Coding of
Moving Pictures and Associated Audio: Advanced Audio
Coding, International Standard 13818-7, ISO/IEC
JTC1/SC29/WG1l1l Moving Pictures Expert Group, 1997.



version 6.3.0 as of June 2005. 15. The audi o encoder of claim 14, wherein
the controller is adapted for nodifying the AMR framng rule, such that the
first AVRveupwvdsmae conprises five AVR-franes. 16. A MeChmag24600/0048c0di ng
audi o frames, conprising the steps of#5 encodi ng audi o sanples in a first
encodi ng domain using a first framng rule, a start w ndow and a stop

wi ndow;, encodi ng audi o sanples in a second encodi ng domain using a

predetgf m nad f LR Si 2gcoyEber 19fy)audi 0 RITPLES @l @160dbNg Wapmup,
peri od nunber ofil' audi o sanples and using a different second fram ng rule,
the frame ofNeFRIBeddTd BREBAANEHAAGT BOMRG 188 SertddéYR epF eddtitAtEon of

a ngnber pfe%&?@éy SABSEE! ﬂnﬁ% M}Q@Mﬁ%d}@ﬂéﬂﬁiﬁ_ .rorbeipra]g:tewxaéhit;?_the
predet er m ne r amre u r .audi o _sanpl_es; .sw tchi r t irst
encodi ng dohB?#°th tz%égggmdg@ﬁg%?ﬁ dSR&ECHT &A% 10 P(Qféﬁg t e 'g;%odnd
fram ng ruleernioespobse &s oW UohengObbomthe first to the second encodi ng
domain or nodifying the start w ndow or the stop w ndow of the first

encodi ng domai n, wherein the second framng rule renains unnodified. 17 .
Conput &9 . prBlge apdavi mpcedarogrhincéade fldn pardxsim nghe heopstrdd eat it ai m

16, when thgd&rs@gaa@b‘fos%%d&lf%n N 3L P BEaRIn Bl PGEESOELER. thAraUudO
decoder (150) for_ decodi ng encoded franmes of audio sanples, conprising: a

first tine H5R8FA4Ri 84PRETTATPOEEEPRE SGecddde AYBOY P8 Sdecodi ng audi o
sanples in a first decoding domain, the first tinme domain aliasing

Introgfglna%dﬁ%%ggh %g¥»eggga9ggaathﬁ%t 55%259 ég$8tigi§%a% SM§¥¥B%a”d a
st op dow,
of

encoding audio samples in a first encoding domain using a

first framing rule, a start window and a stop window;

encoding audio samples in a second encoding domain using a
predetermined frame size number of audio samples and a
coding warm-up period number of audio samples and using a
different second framing rule, the frame of the second
encoding domain being an encoded representation of a
number of timely subsequent audio samples, the number
being equal to the predetermined frame size number of

audio samples;

switching from the first encoding domain to the second

encoding domain; and

modifying the second framing rule in response to switching
from the first to the second encoding domain

or

modifying the start window or the stop window of the first
encoding domain, wherein the second framing rule remains

unmodified.

17. Computer program having a program code for performing the
method of claim 16, when the program code runs on a

computer or processor.



a second decoder (170) for decoding audio sanples in a second decodi ng
domai n and the second decoder (170) having a predeterm ned frane size
nunber ofweaudionosmapl es and a codi ng warm up peri od nuniPeT/EPRO0RME661

sanpl es, the second decoder (170) havwbeng a different second framing rule, a
frame of the second encoder (170) being an encoded representation of a
nunber of tinely subsequent audi o sanples, the nunber being equal to the

predet egni ngd fLades sid%ec_daérfoeru@b)augw SHE S g ard gt kobles (480)
for swtching fromthe first decoder (160) to the second decoder (170)

based on an?PAdPcEEMBASSn CRBPEASAASA frane of audio sanples, wherein the
controller (180) is adapted for nodifying the second framng rule in

response to_swi.tching fraomthe first .decader (160) to, the, sec decoder
(170 0r 1 op” BAGRFy gt ABeds, A Stdon oF TiE Gl W of Ry Foby
decoder (16@pcodhegeiandihe seopddsfram rg fiuketr elmdosinnnodimbied. t9e The
audi o decodet 50)..0f claim.19, rein t i deco ) i ses
atinme dona?%r%r%an)scflgl?negg#“%]rl%t rgwé%grelr%%ngqgl"jfglo:ag{c]Tq]rqgned&éocfcg%eggodggggtdi o]
sanpl es to hR¥Eipgma déibiFh. f2BMiTMe Budte decodert ( MHoXawf and ¢f $hep
clains 18 of;jAQcwwWherein the first decoder (160) is adapted for weighting
the | ast decoded franme with the start w ndow when the subsequent frane is

decoded by the second decoder (170) and/or for weighting the first decoded
frame wth thesiapm adevwdeshen i @r e¢edi ngedsaitgy i sulda cbesaasvded iby & he

second decoder 7 . 21. The audio oder (150).of one of_ the clains 19
or 20, wher&F°f° éeg%FﬁglﬁgngpwaﬁPaﬁgﬁg& r%%§5 [ﬂ%ﬁ?#%ﬁ §iéﬁéf 7RG t he
first frameat grenieteime rdgiref ramasedzen nambenverSeaMdCT EbMDCEE s wher ei n
the Tirst BB damialAlAqldis dtAalics s dacader sillkd, afariedos"
adapting an | -size to the start and/or stop or nodified start
decoder (170) having a different second framing rule, a
frame of the second encoder (170) being an encoded
representation of a number of timely subsequent audio
samples, the number being equal to the predetermined frame

size number of audio samples; and

a controller (180) for switching from the first decoder
(160) to the second decoder (170) based on an indication
in the encoded frame of audio samples, wherein the
controller (180) 1is adapted for modifying the second
framing rule in response to switching from the first
decoder (160) to the second decoder (170) or for modifying
the start window or the stop window of the first decoder

(160), wherein the second framing rule remains unmodified.

19. The audio decoder (150) of claim 19, wherein the first
decoder (160) comprises a time domain transformer for
transforming a first frame of decoded audio samples to the

time domain.

20. The audio decoder (150) of one of the claims 18 or 19,
wherein the first decoder (160) 1is adapted for weighting
the last decoded frame with the start window when the
subsequent frame is decoded by the second decoder (170)

and/or for weighting the first decoded frame with the stop



and/ or stop wi ndows. 22. The audi o decoder (150) of one of the clains 18 to
21, wherein the first tinme-domain aliasing introducing decoder (160) is
adapt ed fwo 20to/dodssBng a start wi ndow and/ or a stop w nd@@THRL0HOBHA1
aliasing part and a aliasing-free pa#t . 23. The audi o decoder (150) of one
of the clains 18 to 22, wherein the first time domain aliasing introducing
decoder (1¥)nday awhpredt f regeding nframet art wWPndwwv drEreeda BY o @ ndow

having an aldasidsdssepari7@ . a rising edge part of the w ndow when the
preceding frame 1s decoded by the second decoder (170) and at a falling

edge part when the subsequent frane is encoded by the second decoder (170)
24. Jhe ayli oadecedefedotkd) acsoy dio¥g dige 0B€ afhd helslhiabnsl R20or 223,

wherein th troll 180) is adapted to start th decader, (170),
o hat | SR, | fhe 1Bhhe, b RRR e st fanan o § PaCaBEER st e

(170) conprisass foreiopdeder €gresemanont of thesanplee gorozessbdsed tdme
preceding aljasihg-fre rt he _fiy - 1 25. Th IO
decoder (1% alol#‘p%ﬁ‘lé% olgD?ﬁe(.(I:Wajlcﬁg féldt ?rf?&\?(ﬁg%% ngtg%u%tcgrll{nrgol 02“%"(1 180)

i s adapt ed dlolatirg imersdeohng déeodder (1¥69) sachderi&edt Rercadiems 1WW& m up

period numbgy gxfm@’f'dé?zéa%! QhOVEF A APS WY Bt Re ) | &sT Reat Feeapaitaaf the
start window of the first tinme domain aliasing introduci ng decoder (160)

and the subseEy(RhtsEPREIREOYhesecond decoder (170) overlaps with the
aliasing part of the stop wi ndow. 26. The audi o decoder (150) of one of the

clainms_22 tg 24, wherejn the c |1 180) s ,adapted to art the
secondzéeco it ET%? etfﬁ?p?‘?'ua??%h & dié}'@evﬁrtjmt[fbe pglaiaéﬁso erlréf)s er%i’th t he
al i asi ng pawtienéin hehst Hprek ndome-2@%maTheadudsdndedoderdatity ofecmuznf the
claims 18 tp g6 whergin the Gtrot] £1,{180) isciprtRanRAAPLRG/EOr a

stop window having an aliasing part and a aliasing-free

part.

23. The audio decoder (150) of one of the claims 18 to 22,
wherein the first time domain aliasing introducing decoder
(110) 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 (170) and at a falling edge part when
the subsequent frame 1is encoded by the second decoder
(170).

24. The audio decoder (150) according to one of the claims 22
or 23, wherein the controller (180) is adapted to start
the second decoder (170), such that the first frame of the
sequence of frames of the second decoder (170) comprises
an encoded representation of a sample processed in the

preceding aliasing-free part of the first encoder (160).

25. The audio decoder (150) of one of the claims 22 to 24,
wherein the controller (180) 1is adapted to start the
second decoder (170), such that the coding warm-up period
number of audio samples overlaps with the aliasing-free
part of the start window of the first time domain aliasing

introducing decoder (160) and the subsequent frame of the



switching fromthe second decoder (170) to the first decoder (160) in
response to an indication fromthe audi o sanples and for nodifying the
second f ra@i2og/a08d6e i N response to switching fromthe secomeaecoser (170)
to the first decoder (160) or for nod8fying the start w ndow or the stop

w ndow of the first decoder i160), wherein the second framng rule remains
unnodi fi ed. seg8onthalegnfler déédber qQuB)arst v¢ibhmtie ahépsindt mardonetol | er
(180) is adaggegtgﬁ gtalgbwt he first tine donmain aliasing introducing
decoder (160), such that the aliasing part of the stop w ndow overlaps with
a frame of the second decoder (170). 29. The audi o decoder (150) of one of
the cl aiens T8et @uwB,o Whecedart hg saont 60! bee (dB80xhes cdapied2borc@pphyi ng a

cross-over fade bet n consecutjve f s of decpded audio s | es_of

di fforent diN5E8AS.  Soc ﬁ%“%ﬁ%li%e’decéﬁ%@ (15Y) @ i o?tot hSTEPk nEnTs to
29, wher ei nstehencontercoldegr (1I8D), i suadlaphed fbe detddmy niangn-amp abeaspdg in
an al i asing 1estart _qr st |.ndo r rame of the
second decoggrgE?i?g%) tﬂgﬁg ;tgﬁ rag&l%ltlg,gl #ag%a}%gast?{nggasitﬁ&t?ﬁgﬁg?ﬂgzéi ng part
based on the aliasing determ ned.31. The audi o decoder (150) of one of the
cl ai ms 248 t @hd0,auMies ehacbhercontyml | 88 6HRO)of stadaptedidor 16i scar ding the
codi ng marn}gp period_of audio npl es fromthe second decoder (170% . 32.
A met hod f ol 8§868in§h§n08&@&rFﬁgﬁﬁé of 8{idi ot Sanpie e onpr#RFRY t hETst eps

of decodi ngsatidicaiagnptesni ntize f igetontecatidgidomailm,o)t hed i kht deceding
domain iy U649 LT o eslag ang, el g SLisfiLremag e oegste
domai n, thesamples and for modifying the second framing rule in
response to switching from the second decoder (170) to the
first decoder (160)
or
for modifying the .start window or the stop window of the
first decoder (160), wherein the second framing rule

remains unmodified.

28. The audio decoder (150) of «claim 27, wherein the
controller (180) is adapted to start the first time domain
aliasing introducing decoder {160), such that the aliasing
part of the stop window overlaps with a frame of the
second decoder (170).

29. The audio decoder (150) of one of the claims 18 to 28,
wherein the controller (180) is adapted for applying a

cross-over fade between consecutive frames of decoded

audio samples of different decoders.

30. The audio decoder (150) of one of the claims 18 to 29,
wherein the controller (180) is adapted for determining an
aliasing in an aliasing part of the start or stop window
from a decoded frame of the second decoder (170) and for
reducing the aliasing in the aliasing part based on the

aliasing determined.



second decodi ng domai n having a predeterm ned franme size nunber of audio
sanpl es and a codi ng warmup period nunber of audio sanples, the second
decodi ng wormionoksi ng a di fferent second fram ng rul e, pPaTiEPa008/00f651 he
second decodi ng domai n being a decode®l representation of a nunber of tinely
subsequent audi o sanples, the nunber being equal to the predeternmned frane
si ze néiber Toe aaiio séﬁppé§r anb @i péhiane febmttise ¢lavms ddBodimg3Q@onai n

to the secopd degedicng dmRid, Dased pa”b)anlénmgﬁéé@nféfomgésr@@ﬁed%ﬂef rame
of audi o sanples; nodifying the second ramng rule in_ response to

swi t ching f FOMTKe YRFETURoASTH DB 2t Pe SeBOIRE cBEPRg [dEmaPRCEPd
nodi fyi ng t kiecsldant imodow and/ or the stop wi ndow of the first decoding
dormai n, wherein the second fram ng rule remai ns unnodi fied. 33. A conputer
program havi ng a program code for perform ng the nethod of claim 32, when
t he prdgr.amicodethods for adeonpihgr encepietessames of audio samples,

comprising the steps of

decoding audio samples 1in a first decoding domain, the
first decoding domain introducing time aliasing and having

a first framing rule, a start window and a stop window;

decoding audio samples in a second decoding domain, the
second decoding domain having a predetermined frame size
number of audio samples and a coding warm-up period number
of audio samples, the second decoding domain having a
different second framing rule, a frame of the second
decoding domain being a decoded representation of a number
of timely subsequent audio samples, the number being equal
to the predetermined frame size number of audio samples:;
and

switching from the first decoding domain to the second
decoding domain based on an indication from the encoded

frame of audio samples;

modifying the second framing rule in response to switching
from the first coding domain to the second coding domain
or

modifying the start window and/or the stop window of the
first decoding domain, wherein the second framing rule

remains unmodified.

33. A computer program having a program code for performing
the method of claim 32, when the program code runs on a

computer or processor.



