WO 2010/003491PCT/EP2009/004015 Audio Encoder and Decoder for Encoding and Decoding
Frames of a Sampled Audio Signal 5Specification The present invention relates to source coding and
particularly tqyilins4ese coding, in which an audio signal is processed Py twehgiffesankaudio coders
having 10 different coding algorithms. In the conteixt of low bitrate audio and speech coding
technology, several different coding techniques have traditionally been employed in order to achieve
low bitrate 15 coding of such signals with best possible subjective quality at a given bitrate. Coders for
general music / Smdbichs Ematsiaim andpBrimiethEoubBatiedingligss BlennddaosRuarsgand
temporal) shape of the quantization ergg aCcosINDLQ ANBSKINg; waghold curve which is 20
estimated from the input signal by means of a perceptual model ("perceptual audio coding"). On'the
other hand, coding of speech at very low bitrates has been shown to work very efficiently when it is
based on a production model of human speech, i.e. employing Linear Predictive 25 Coding (LPC) to
model the resonant effects of the human vocaFEtractitbgetheranith an efficient coding of the residual
excitation signal. As a consequence of these two different approaches, general 30 audio coders, like
MPEG-1 Layer 3 (MPEG = Mo,\C/ing Pictur%%g%(pert Clroyg%, ortMPEGEJZ/gcAdvagg%g di%dchding_
(AAC) usually do ot p%ﬁ%?r%nas wéll for speech sf:gena sa very?ow aaPa raetes as dedicate |
LPC-based spekak ebaeladde tothe AR HP exgititston 8P & dpeechiSouttElfddé " 3538 6Afersely,
LPC-based speethcatlerssuspaky-de et athiewsrconvirtieg eesults whien applied3o jemeéray music

signals 10 different coding algorithms.

In the context of lecw bitrate audio and speech coding
technology, several different coding techniques have
traditionally been employed in order to achieve low bitrate

15 coding of such signals with best possible subjective
quality at a given bitrate. Coders for general music /
sound signals aim at optimizing the subjective quality by
shaping a spectral (and temporal) shape of the gquantization
error according to a masking threshold curve which is

- 20 eéstimated 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

25 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
30 audio coders, like MPEG-1 Layer 3 (MPEG = Moving Pictures
Expert Group),' or MPEG-2/4 Advanced BAudio 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.
35 Conversely, LPC~based speech coders usually do not achieve
convincing results when applied to general music signals
because cof their inability to flexibly shape the spectral
envelope of the coding distortion according to a masking



because of their inability to flexibly shape the spectral envelope of the coding distortion according to a
masking WO 2010/003491PCT/EP2009/004015 2 threshold curve. In the following, concepts are

described whigh e the advantages of both LPC-based coding and petaepisaloaudi coding into
a single framework and thus describe unified audid coding that is efficient for both 5 general audio and
speech signals. Traditionally, perceptual audio coders use a filterbank- based approach to efficiently
code audio signals and sh%ge the quantization distortion according to an estimate of the 10 'masking

curve. Fig. 16a SHORESHELBasaBlsck drEgraRorEPhtitiRenic percambal Ginsitaibeh
analysis filterbanih 1600 songedio rohp theliaredgmainsanipies iMecubsamplechih specinal

components. Dependept aa thenuIbershisprCtraheamponents, the sysiemyisalsaeleriegto as a
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lines, e.g. 512). A'perce fuar' pSychoacoustic") m_o%iré?l is us&d o
dependent maskfg FeshBRF The Bfle PR UBHEIRR b "frequency domain”) components are
quantized and coded 1604 in such a way that the quantization noise is hidden under the actual
transmitted signak- anckis died peycentibleafierdacoding: J his suachievarby.25 Marying,the dranularity
of quantization og tQ% gpgctrglov%lge% 8v%rf%g1§iand Erequerglcg. Thr%%uantized and erg{fron%)g/-encoded
spectral coefficiEnts of subband Values are. i addition Wity sidé HirbPm3t8R 3¢ iffif it P Bitstream
formatter 1606, Whfctiprsvides hA BhcBaelAfdioRiGHFMIdRE dittadie fsring eramntitted or
stored. Thi®utpud dktstregacuofblock 1606 can be transmitted via the Internet or can be stored on any
machine readable data carrier. 35 On the decoder-side, a decoder input interface 1610 receives the

anoded bltstre%@gl_BIOEléémlS gggar%tﬁg basic block diagram of a monophonié |

perceptual coding system. 2An analysis filterbank 1600 is
used to map the time domain samples into subsampled

15 spectral components. Dependent on the number of spectral
components, the system is also referred to as a subband
coder (small number of subbands, e.g. 32) or a transform
coder (large number of frequency lines, e.g. 512). A
perceptual (“psychoacoustic”) model 1602 is wused to

20 estimate the actual time dependent masking threshold. The
spectral (“subband” oxr “frequency domain”) components are
quantized and coded 1604 in such a way that the quantiza-
tion noise is hidden under the actual transmitted signal,
and is not perceptible after decoding. This is achieved by

25 varying the granularity of guantization of the spectral
values over time and frequency.

The quantized and entropy-encoded spectral coefficients or
subband wvalues are, in addition with side information,
30  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.
35
. On  the decoder-side, a decoder input interface 1610
receives the encoded bitstream. Block 1610 separates
entropy-encaded and dquantized spectral/subband values from



entropy-encoded and quantized spectral/subband values from WO 2010/003491PCT/EP2009/004015
3 side infolmation. The encoded spectral values are input into an entropy-decoder such as a Huffman
decoder, whigipisipesiiened between 1610 and 1620. The outputs of this grtiepyeeaqeer are
guantized spectral values. These 5 quantized spegtral values are input into a requantizer, which
performs an "inverse" quantization as indicated at 1620 in Fig. 16. The output of block 1620 is input
into a synthesis filterbank 1622, which performs a synthesis filtering_including a frequency/time
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Traditionally, efficient speech coding has been based on

15 TLinear Predictive Coding (LPC) to model the resonant
effects of the human vocal tract together with an efficient
coding of the residual excitation signal. Both LPC and
excitation parameters are transmitted from the encoder to

the decoder. This principle is illustrated in Figs. 17a and
20 17b.

Fig. 17a indicates the encoder-side of an encoding/decoding
system based on linear predictive coding. The speech input
is input into an LPC analyzer 1701, which provides, at its

25 output, LPC filter coefficients. Based on these LPC filter
coefficients, an LPC filter 1703 4is adjusted. The LPEC
filter outputs a spectrally whitened audio signel, which is
also termed “prediction error signal”. This spectrally
whitened audio signal is input into a residual/excitation

30 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
35 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



4 LPC synthesis filter 1709 generates a reconstructed or synthesized speech output signal. Over time,
many methods have been proposed with respect to 5 an efficient and perceptually convincing

representatiow@biheuasigdual (excitation) signal, such as Multi-Pulse ExcitgtigpddBRisdigoular Pulse
Excitation (RPE), and Code-Excited Linear Prediction (CELP). 10 Linear Predictive Coding attempts to

produce an estimate of the current sample value of a sequence based on the observation of a certain

number of past es as a linear compjnation of the past observations. In order to reduce redundancy
in the input signéag#e %HEB&SFEEC %]&értfg"v\ﬁt As" ARRRHULSRIN& IntRCSPSIrHHREI0pg, i.e. it is

a model of the irferéd B feesighars speoialarivetsaonversely, the decoder LPC synthesis filter
is a model of the signal's spectral envelope. Specifically, the well-known auto-regressive (AR) linear

predictive analysis 20 it kp@urigyodeldisalonalsepectl evslane by means tanal-nole
approxmatlgn. 'rléyﬂ)call . harrow band speech codersél.e. speech’coders with a sampling rate of
y a

8kHz) empl TSR aRYS SAEFBREMEE 8 SR 5 & FePF&RRS bRt PP Filter, a
uniform frequené fesongtivriisadffectRrecidratd e fullsiamesncy reinge. Tas doks hot-Garkespond to a
perceptual frequeney sealesB30(Mrarer ke sambinetimsstrengths of inditionat | P G/eE s deased

coding (best quaéggz_.{cge_'scpeﬁﬁbeggn@g ggggtﬂgﬁrag&tﬁ@ filterbank-based perceptual audio coding

approach (best for music), a combined coding between these architectures has been proposed. In the
AMR-WB+ (AMR-WB = 35 Adaptive Multi-Rate WideBand) coder B. Bessette, R. Lefebvre, R. Salami,
"UNIVERSAL SPEEEH]ARIBIE CORINCUISING A YBRID ACEL PXFCOX CRE GHINIQUES t Prot. IEEE
ICASSP 2005, pfh801cu304nt00% anp pierrateoding kegnelsopesaleondds O on  the

20ﬂN003491Png§ggQQ@4gﬁO&§E% certain number of past values as a linear
4 combination of the past observations. In order to reduce
redundancy in the input signal, the encoder LPC filter

15 “whitens” the input signal in its spectral envelope, i.e.

it is a model of the inverse of the signal’s spectral

envelope. Conversely, the decoder LPC gynthesis filter is a

model of the signal’s spectral envelope. Specifically, the

well-known auto-regressive (AR} linear predictive analysis

20 is kmown to model the signal’s spectral envelope by means

of an alz*poie approximation.

Typically, narrow band speech coders (i.e. speech coders
with a sampling rate of 8kHz) employ an LPC filter with an
25 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.

30 In order to combine the strengths of traditional LPC/CELP-
based coding (best quality for speech signals) and the
traditional filterbank-based perceptual audic  coding
approach (best for music), a combined coding between these
architectures has been proposed. In the AMR-WB+ (AMR-WB =

35 Adaptive Multi-Rate WideBand) coder B. Bessette, R.
Lefebvre, R. Salami, "“UNIVERSAL SPEECH/AUDIO CODING USING
HYBRID ACELP/TCX TECENIQUES,” Proc. IEEE ICASSP 2005, pp.
301 - 304, 2005 two alternate coding kernels operate on an



LPC residual signal. One is based on ACELP (ACELP = Algebraic Code Excited Linear Prediction)
and thus is extremely efficient for coding of speech signals. The other coding kernel is based on TCX

(TCX = Trangforembaded 5 Excitation), i.e. a filterbank based coding appiaghressapiiag 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_10 transmit the LPC residual signal. In this way, frames of 80ms duration can be split
into subframes GE4A0mMEHF Boadin Whithta dedi¥iBn betwebd 188 twBodiG FriodeSFhBde=The
AMR-WB+ (AMRW&:ra Exteritetb Adaptive adultiiRaten 15 VWideBanticodec) ackd 3GRR £3GRP = Third
Generation Partggeshup£19iecb techningl sREClerliaNUmber 6490 V5FQR 6-3e JURe 2005, can
switch between (t:rg)%tvx\%o esgegti%@y dggere%e%ie% ﬁ‘CErlC% an&% X.Inthe ACELP mo(cge CE %me
domain signal is cocfeogby alge raic code Z0 excitafion. I'the mode & fast Fourier transform (FFT
= fast Fouri€r tr&sfofAT isAiged and the sfectriat YaRIE6the PPEedieigted Bgnak BRIMaMHich the
excitation signalris chemivietirat thé € etoddn)tdrercdd exhiba sed-orl ¥rgtor ettaniizaten.i2b dheasdecision,

which modes tose, candiretakeB by hungandedecadiog both gptiens apdcomparing the iesulting
signal-to-noise ra}tllgsags R Td |9nal-tong{_§§ Ratlo)c. 30.This case is agso called thﬁ closed loop

decision, as thefe' 1S4 ¢ sy Toop: Bvaltikihg Boti &g BRAdIhaRlSs 3hdfot effidigncies,

respectively, anB2H&R EhARSEHTF thé DnéwittrirrIbeter SRR Bytiscariing e Gthert 384t i§o
well-knowi that forasdibtantispeati codinfdhpdlicationsa blotk transformavithodt-afeeowsitg is not

feasible. TherefgegyJordhekGXmedstheesigpalis WQ 201Q/0934LRCTERRAQI/Q04015 6

windowed with a low oveqag V\ggdow with an_overlap ?{ 1/8th. This overlap%'-n region |§ necessary, in

~order to fade-out™h prar Block 3F fiane Wil TAgiy-in the Tiaxt TFERIMIE S stpaSSrtifacts due

“ to uncorrelated 5 quantization noise in consecutive audio frames. This way the overhead compared to
non-critical samplirg istEptWweasonabiRrloNBand ¢he decoshntpdecassap:fordhe mlosed-laap«ecision

reconstructs at lpagtE48th of theisamples-ef the-ggrent frames 10 The ANMRIWEB ntroduces 118th of
overhead in a TCX mode, i.e. the number of spectral values ta he coded is 1/8th higher the
number of input%arn%léég.s%% %?5\9' e% Le (ﬁgga&frﬁ\%ggpo?%ﬁ%ﬁg%%%ga &a‘f%%rk?e%? é%‘ﬁoreover,
the 15 frequency§&8p6ase Bf the’eorrd&pénditigPrand pass fiftWisishiskavaifiageotiBedu¥s the steep
overlap region afskl8th b tomsedutive framesniierdeAtERBbarate rAaMe. onithe chde avrrhead and

overlap mode a time domain signal is coded by algebraic code

20 excitation. In the TCX mode a fast Fourier transform (FFT =
fast Fourier transform) is used and the spectral wvalues of
the LPC wéighted signal (from which the excitation signal
is derived at the decoder) are coded based on vector
guantization. |

25
The decision, which modes to use, can be téken by trying
and decoding both options and comparing the resulting
signal-to-noise ratios (SNR = Signal-to-Noise Ratio).

30 This case is also called the closed loop decision, as there
is a «closed control loop, evaluating both coding
performances and/or efficiencies, respectively, and then
choosing the one with the better SNR by discarding the
other.

35
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



20 of consecutive frames, Fig. 18 illustrates a definition of window parameters. The window shown in
Fig. 18 has a rising edge part on the left-hand side, which is denoted with "L" and also called left

overlap regiowoa€@migasegion which is denoted by "1", which is also calle@-apgigmefeior 25 bypass
part, and a falling edge part, which is denoted by ¥R" and also called the right overlap region.
Moreover, Fig. 18 shows an arrow indicating the region "PR" of perfect reconstruction within a frame.
Furthermore, Fig. 18 shows an arrow indicating the length of the transform core, 30 which is denoted
by "T". Fig. 19 shondoaveidwwyiéph &f a SeguercenfAMR-IMSswindburs and abthediaitonod table of

window parameigrgaecorgingsto g‘j,garlﬁggﬁ oHenee.of W@dg\ggé@gmgt the top,Qf35 Rig. 19is
ACELP, TCXZ%’égoc[ea}_ ggqeaof 20ms d%g ,JC?O TCXELAlé){Dgor %grglme of 40%? duratlc‘)tn), TCX80
(for a frame of 80Ms duration), TCX20, 0 ACEEPMRCEI Py ERding-1n the next,
2010/003491PCPEP 159 FIOMRERE §8quBkse BRGHTdoWY the Varyingasverppimsregions
can be seeh, whjthoverap iyrexactly 4/8imofdbe senteripast Mudhe tahtemé she lottam ek Fig. 19

also shows that{he trapsfern dengthorlyds alvays by, L18th,5 lajger than the tegion;of ngw perfectly
reconstructed samgles "PR". Mareover, it js to be noted that this is not orr%y the gaseé%% ELP to

TCX transitions>BaCaRaTor TCRY 16 TEXhars K- indic e PE X anias of bit fgth)
transitions. Thud SRR &PAHISERANTREPREET BELD 1BtH RRintrod(8EY, 95, Ehtca aapdsimgIE never
achieved. Whertswitchingefram flkzx4o ACELP the window samples are discarded from the FFT-TCX
frame in thgoverlapping region, 15 as for example indicated at the top of Fig. 19 by the region labeled
with 1900. Whep swit om ACELP.to TCX the syindowed zeto-input response (ZIR = zero-input
response), whic%hl% aépxo@ln %gteé B tstted :h?l% 19 at?ﬁ’gﬁ(g’ﬁ %ﬁ:@_nlg? is TethoTedt the
~encoder for 20 wirttowittFarfiEReed £ thesREcsdertoriabaeering? Wiren sadiefing FroAy $EX to TCX
~frames the windowgg samiples aee number of input samples. This provides the

disadvantage of an increased data overhead. Moreover, the

15 frequency response of the corresponding band pass filters
is disadvantageous, due to the steep overlap region of
1/8% of consecutive frames.

In order to elaborate more on the code overhead and overlap
20 of consecutive frames, Fig. 18 illustrates a definition of
window parameters. The window shown in Fig. 18 has a rising
edge part on the left-hand side, which is denoted with “L”
and also called left overlap region, a center region which
is denoted by “1”, which is also called a region of 1 or
25 Dbypass part, and a falling edge part, which is denoted by
“R” and also called the right oﬁerlap region. Moreover,
Fig. 18 shows an arrow indicating the region “PR"™ of
perfect reconstruction within a frame. Furthermore, Fig. 18
~shows an arrow indicating the length of the transform core,

30 which is denoted by “7”.

Fig. 19 shows a view graph of a sequence of AMR-WB+ windows
and at the bottom a table of window parameter according to
rig. 18. The sequence of windows shown at the top of

35 Fig. 19 is ACELP, TCX20 (for a frame of 20ms duration),
TCX20, TCX40 (for a frame of 40ms duration), TCX80 (for a
frame of BO0ms duration), TCX20, TCX20, ACELP, ACELP.



used for cross-fade. Since the TCX frames can be quantized differently quantization error or
guantization noise between consecutive frames can be different and/or 25 independent. Therewith,
when switching fremooneiframe to 30 From the table at the bottom of Figct®itoancbegeen, that the
cross-fade region grows with a growing length of the frame. Fig. 20 provides another table with
illustrations of the different windows for the possible transitions in AMR-WB+. When transiting from
TCX to ACELP 35 the overlapping samples can be discarded. When transiting from ACELP to TCX,
the zero-input réspdhse hém tREREELE is FdmovdaR e ehbSderAfy AB8ed Y #id 8BRSASK for
recovering. WQr26104083421P6F/ER2609/604@15 8vitisasigmificant dishgvante of thae

AMR-WB+ that an,overhead,qf 11:3th ig,always infroduced, 8 Itds the,pbjeet ofthe, presentiiguention to
provide a more egicient C(?‘lnc{‘:epttfglre augiro en 8qrirtrgg. l‘ﬁl;p}e ttaljlaje(;ths aclréievegwbé/ %Iainb1 1, 3 ethod for
audio 10 an audf 3 ing audio ecodiﬁr?lr% ac%ording to af audio emtoder-accor ing to

QéRoder atcor .
encoding aécordidgd6 tlaif 28, to-BaimRPARE a Meths@ for B&HT 25T WmbbRfABRIs-BFtheDresent

invention are basegrethe“PrR”. Moreover, it is to be noted that this is not
only the case for ACELP to TCX transitions, but also for

TCXx to TCYx (where “x” indicates TCX frames of arbitrary

length) transitions. Thus, in each block an overhead of

10 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,
15 a5 for example indicated at the top of Fig. 1% by the
region labeled with 1900. When switching from ACELP to TCX
the windowed zero-input response (ZIR = zero-input
response), which is also indicated by the dotted line 1910
at the top of Fig. 19, 1is removed at the encoder for
20 windowing and added at the decoder for recovering. When
switching from TCX to TCX frames the windowed samples are
used for cross—-fade. Since the TCX frames can be quantized
differently quantization error or <quantization noise.
between - consecutive frames <can be different and/or
25 independent. Therewith, when switching from one frame to
the next without cross-fade, noticeable artifacts may
ocecur, and hence, cross-fade is necessary in order to

achieve a certain gquality.

30 From the table at the bottom of Fig. 1% 1t can be seen,
that the cross-fade region grows with & growing length of
the frame, Fig. 20 provides another table with
illustrations of the different windows for the possible
transitions in AMR-WB+. When transiting from TCX to ACELP

35 the overlapping samples can be discarded. When transiting
from ACELP to TCX, the zero-input response from the ACELP
is removed at the encoder and added at the decoder for

recovering.



finding that a more efficient coding can be carried out, if 15 time-aliasing introducing transforms are
used, for example, for TCX encoding. Time aliasing introducing transforms can allow achieving critical
sampling whieostilidbaingiable to cross-fade between adjacent frames. Fopexapbe/insre
embodiment the modified discrete cosine transfortn (MDCT = 20 Modified Discrete Cosine Transform)
is used for transforming overlapping time domain frames to the frequency domain. Since this particular
transform produces only N frequency domain samples for 2N time domain samples, critical sampling
can be maintained even though the time 25 domain frames may overlap by 50%. At the decoder or the

inverse time-aliasing:igtredusingniy¥nsfare aa pysdapandaddstaga,mayhe-agapted.for cambining

the time aliased overlappi n transformed time domain samples in a way, that time domain
aliasing cancelafion ﬁ%%%q-}%ﬁ%g%’%(6gm§a§1wﬁﬁ§siﬁa%§r@eﬁ§ﬁ%n) can be carried out. Embodiments

may be used in the context of a switched frequency domain and time domain coding with low overlap
windows, such aktfoi exampleliie AMBRANSe Embedmernitsvray 35nsean MidCHEdnsteadref a

non-critically sargpled-filterbanky buthis way the pverhead dugdo non-critical sampling may be
advantageously reduced based on the critical sampling property of, for example, the MDCT.
Additionally, longer WO 2010/003491PCT/EP2009/004015 9 overlaps are possible without
introducing addifi§fal eRefeadt EmbBRiRERE caN prividtiéadeanage that Heeedidifthedonger
overheads, crossowerfading caathercarfied euidhoresmodinly, iasthewords, sotibdigualidy may be 5

increased pgthegecades.dn apeletailed srbedinent the ART i the AMR-WE + LCXspode may be
replaced by an M‘E)(g'lc')w ile Igie ing f%%cglé):{\ggtl%s og‘:fd\/ﬁnvﬁ{?+ especially the switching between the
ACELP mode 16 &hdthe TEéX made pased oma closed o open loop decision. Embodiments may use
~the MDCT in a non-critically sampled fashion for the first TCX frame after an ACELP frame and

subsequently userthedM@T sn so€ritically samplechfashion fortalbsubsequentaEEX frames:he
Embodiments meyietaip the=t5 featre-ofaiosed laap deeision. usinadbe MPETWithjew querlap
windows sirgllar to the LTmodlfled,Al\éR-\é/Swﬁ, but with lo ger overlaps. This may provide _I[he

tlﬁeﬁﬁ laslng InTtroducln taﬁps rms %f? &ﬁ%é( & ayxample,

advantage of a better frequency response comparedto the unmaodifie windows.

» for TCX encoding. Time aliasing introducing transforms can
allow achieving critical sampling while still being able to
cross-fade between adjacent frames. For example in one
embodiment the modified discrete cosine transform (MDCT =

20 Modified Discrete Cosine Transform) is used for
transforming overlapping time domain frames to the
frequency domain. Since this particular transform produces
only N frequency domain samples for 2ZN time domain samples,
critical sampling can be maintained even though the time

25 domain frames may overlap by 50%. At the decoder or the
inverse time-aliasing introducing transform an overlap and
add stage may be adapted for combining the time aliased
everlapping and back transformed time domain samples in a
way, that time domain aliasing cancelation (TDAC = Time

30 Domain Aliasing Cancelation) can be carried out.

Embodiments may be used in the context of a switched
frequency domain and time domain coding with low overlap
windows, such as for example the AMR-WB+. Embodiments may
35 use an MDCT instead of a non-critically sampled filterbank.
In this way the overhead due to non-critical sampling may
be advantageously reduced based on the critical sampling
property of, for example, the MDCT. Additionally, longer



20 Embodiments of the present invention will be detailed using the accompanying figures, in which:
Fig. 1shows an embodiment of an audio encoder; 25 Figs. 2a-2j show equations for an embodiment of
a time domamatesingsintroducing transform; Fig. 3a shows another emppdwasnieian audio
encoder; 30 Fig. 3b shows another embodiment of an audio encoder; Fig. 3c shows yet another
embodiment of an audio encoder; Fig. 3d shows yet another embodiment of an audio encoder; 35 Fig.

4a shows a Samc?x';% Qﬁ.g dog}@'n sg)%%(gkgti)ggal f%g_{{giggépG%%hé r\c,l’v ucin additiona
2010/003491PCT/EP2009/004015 10 Fig. 4b illustrates a spectrum of a Vaiced speech S|gnaJT sample;
Fig. 5a illustrateS SR8 fbmEMRIGHIIT ESsdrifle RF A SaRvoids S5Hdeh: 96, SH @fowa 88shectrum

of a sample of anruntbieed spgech sigralheddsg. &homm_embfﬂﬂnagtofampaysi_sm:B@'pthesis
CELP; Fig. 7illugitatesnar&neagartside ACELP stage: praviding shastiieimgradigtigninfaymationanda
15prediction errgrnéigggl‘_égég.a%a gtﬁgwa g@o%ggdiment of an audio decoder;

In one detailed embodiment the FFT in the AMR-WB+ TCX-mode
may be replaced by an MDCT while keeping functionalities of
AMR-WB+, especially the switching between the ACELP mode
10  and the TCX mode based on a closed or open loop decision.
Embodiments may use the MDCT in a non-critically sampled
fashion for the first TCX frame after an ACELP frame and
subsequently use the MDCT in a critically sampled fashion
for all subsequent TCX frames. Embodiments may retain the
15 feature of clesed loop decision, using the MDCT with low
overlap windows similar to the unmodified AMR-WB+, but with
longer overlaps. This may provide the advantage of a better
freguency response'compared to the unmodified TCX winddws.

20 Embodiments of the present invention will be detailed using
the accompanying figures, in which:

Fig. 1 shows an embodiment of an audio encoder:

25 Figs. 2a-23 show equations for an embodiment of a time
domain aliasing introducing transform;

Fig. 3a shows another embodiment of an audio encoder;
3¢ Fig. 3b shows another embodiment of an -audio encoder;
Fig. 3c shows yet another embodiment of an audio encoder;
Fig. 3d shows yet another embodiment of an audio encoder:;
35

Fig. 4a shows a sample of time domain speech signal for

voice speech;



Fig. 8b shows another embodiment of an audio decoder; 20 Fig. 8c shows another embodiment of an
audio decoder; Fig. 9shows an embodiment of a window function; 25 Fig. 10shows another
embodiment,@f;a iAW function; Fig. 11shows view graphs and delay c@,@&gﬁ&%gmgwindow
functions and a window function of an embodimeng; Fig. 12illustrates window parameters; Fig. 13a
shows a sequence of window functions and an according to table of window parameters; WO
2010/003491PCT/EP2009/004015 11 Fig. 14a shows a table of possible transitions in an embodiment;
Fig. 14b illustratEd%: tr4Rsitioh WRAEWAEGH ACEPP %S 5TCXH0 dcchrdif§do BREFRbSHIFERE, Fig. 14c
shows an embodiment of a traasjtiba;window from a TCXx frame to a TCX20 frame to a TCXx frame
according to one embodiment; 10 Fig. 14d illustrates an embodiment of a transition window from
ACELP to TCX .accgding t Egle gmt{odimen%;_m Fi .%4e shows a? en%bodiment ?f a transition
window from 15ACELP T T chc?rd?nsg fo oié em od"}rlffénﬁllﬂa.a 4fudtrdteSan embotiment of
the transition window for a tras{8eF BBnFRERSRX frame to a TCX80 frame to a TCXx frame according
to one 20embodiment; Fig. 15illustratesanACELPtoT0X80transition

Fig. 5b shows a spectrum of a sample of an unvoiced

speech signal; .

10 Fig. 6 shows an embodiment . of an analysis-by-
synthesis CELP;

?ig. 7 illustrates an encoder-side ACELP stage providing
short-term  prediction information and - a
15 prediction error signal;

Fig. 8a shows an embodiment of an audio decoder:

Fig. 8b shows another embodiment of an audic decoder;
20

Fig. Bc shows another embodiment of an audio decoder;

Fig. 9 shows an embodiment of a window function;

25 Frig. 10  shows another embodiment . of a window function;

Fig. 11 shows view graphs and delay charts of prior art
window functions and a window function of an

embodiment;
30
Fig. 12 illustrates window parameters;
Fig. 13a shows a seguence of window functions and an
according to table of window parameters;
35

Fig. 13b shows possible transitions for an MDCT-based

embodiment;



according to one embodiment; 25 Figs. 16 illustrates conventional encoder and decoder examples;
Figs. 17a,b illustrates LPC encoding and decoding; 30 Fig. 18illustrates a prior art cross-fade window;

Fig. 19illustrates,s; piigisyt sequence of AMR-WB+ windows; WO 2010/09@@%;%@3&5’%009/004015
12 In the following, embodiments of the present igyention will be described in detall. It isto be noted,

that the following embodiments shall not limit the scope of the invention, they shall be rather taken as
possible 5 realizations or implementations among many different embodiments. Fig. 1 shows an audio
encoder 10 adaPied fdrdsncothey franes Bralampitd A58 Syl tBB%‘?asiﬁte]r%%ed]TPam%g, 10
wherein a frame comprises anboateaitime domain audio samples, the audio encoder 10 comprises
a predictive coding analysis stage 12 for determining information on coefficients for a synthesis filter

and a prediction domain frame based on frames of audio, samples exampple, the-15 predigtion
domain frame cah%e Based bgﬁQaunsg%i{:aetlson,?ranger,at%%ltr%éal%tiovﬁ%ég{r%ainqfarame may comprise
samples orweighted sampleE@f&h BPEcd6rihah SignarfofMRARKIRE xcitation signal for the

synthesis filter can be obtained. In other the words, in embodiments a prediction domain 20 frame can
be based on anexcitatign frame comprising samples oban £xeitation sigeal ter e symthesissfilter. In

embodiments the prediction domain frames may corrﬁ%g&pt filtered yersigns.ofthe excitation
frames. For example, percepTE?fl’?ilt rﬁ?én%a;?%e gpp led to _an%é:&%%tion frame 25 to obtain the-

prediction domain frame. In GREPERISIFR N RigAIFSE BB M-pass filtering may be applied to the
excitation frames to obtain the prediction domain frames. In yet another embodiment, the prediction

domain frames may difecily qariespang i exsitation damesh S0ckhesaudia escoden 1o further
comprises a time-aliasing introduci sfor 40forér nsfar ing overlappingregiction domain
~~frames to the frequency dom ito %%g]?r?p%g;]éet#gr? do?na%frarr?rzgspectra, wherein the time-aliasing
- 35 introducing transformer 14 is adapted for transforming the overlapping prediction domain frames in
a critically Fig. l4e shows an embodiment of & transition window from

15 ACELP to TCX40 accerding to one embodiment;

Fig. 14f illustrates an embodiment of the transition
‘window for a transition from a TCXx frame to a
TCX80 frame to a TCXx frame according to one

20 embodiment;

Fig. 15 illustrates an ACELP to TCX80 transition

according to one embodiment;

25 Figs. 16 illustrates conventional encoder and decoder

examples;
Figs. 17a,b illustrates LPC encoding and decoding;
30 Fig. 18 illustrates a prior art cross-fade window;

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

windows:

35 Fig. 20 illustrates windows used for transmitting in AMR-
WB+ between ACELP and TCHK.



sampled way. The audio encoder 10 further comprises a redundancy reducing encoder 16 for
encoding the prediction WO 2010/003491PCT/EP2009/004015 13 domain frame spectra to obtain the
encoded frames:bag@d4on the coefficients and the encoded prediction dom@in:frameapectra. 5 The
redundancy reducing encoder 16 may be adapted?for using Huffman coding or entropy coding in order
to encode the prediction domain frame spectra and/or the information on the coefficients. 10 In
embodiments the time-aliasing introducing transformer 14 can be adapted for transforming overlapping

prediction domali fiahfed SerdiPtHdtdn GERIHBerst SAHRpRETHH Hredidfon d6Mai frime
spectrum equalsan dearagébrnbén of dahwplés in atpredictioredobrain fhetad frarhbathersby 15
achieving the critically.sanapledkirarsiRen: Eurfiesmorey the timgratiasigeintiedigedngdrnsioemer 14
can be adapted for trapsforming_qverlappi rediction dompain frames.accordipng t ified
discrete cosine f‘rré‘ﬁ%f})g%n%?ibn (lﬁ?beé/T = ?\?Ogd-l ied ?scre & Cosine r%ﬁr{l%%rm .%0 %%ﬁg%%#o%ving, the
MDCT will Be exgaktrihioRfier ®tail With 158 PRIF LR equalBRY iludFated It EIEE 2805, The
modified discretengasiientnansform (MDCT) is a Fourier-related transform based on the type-1V
discrete 25 cosine transform (DCT-1V = Discrete Cosine Transform type 1V), with the additional
property of being lapped, i.e. it is designed to be performed qn consecutive blocks of a larger dataset,
where subsequ ﬁtgdlo%ks sa%rg%%er%% eadug& at%l.a?ﬁ‘?erlas alfo rl;éée loc OgOin%Pc?‘é%%vgﬁﬁ the 30
first half of the Hes@BRIckoThs GRPRpPhg M-hBIdRibENS thé @neRfEeEMBAERSIEduafidsSSithe DCT,
makes thel MIDGhespédially afiractive fargighakcongpressidre apphiCationsg sidoadtinelpstdiavoid
artifactslstlemm@%&@ébeﬁl@@aagﬁd@ﬂﬁ%cﬂwba@ndw;?&ﬂ&.'wg@g@dmd\ﬂ%@&e\dasf ;
MPEG2/4 layer 3), AC-3 (AC-3 = Audio ec3byD Vorbis, an AAC = Advance
~~Audio Coding) f%’rz%ﬁaﬁ)léom ?ggsqgn, fogr:%xam%lé. \/\%Q%f%%g&ﬁglPd‘F /%ég‘\(’)%éjl&hmg 4 The

MDCT was profQ& by PreenL I6hRs i HmMPB ity i $58 RIY3IIBWRT e fibr PLosEViork by
Princen and Brattey4o develdp the MP&Tes underkyirt prireiplp of simefdamaraaljabing ddreellation
(TDAC), fyuherdesetibedhielowsrakheresalspeXists-an goalegausitransforan theMbDSE hased on
the discrete sine transform,,as well ther, rar ed, forms of the MDCT based gn different types
of DCT or DCT ?DS[PC:h %igcrrg?e% c-itnle%‘%'lraah?%érgrr%§ cg%%inazrg%_}sl, \/Svhic% égn also l?e used in-

embodiments by $H&HiHRE dSHAERLES alRGingnttddun 8l atdhsorered. irf RiBs, ﬂ%ﬁb(ﬁhﬁ not
applied to the aedivisighakdiredtlyydlt fathek hetrryotipes bbaBPlbgad can be obtained.
in other the words, in embodiments a prediction domain

20 frame can be based on an excitation frame comprising
samples of an excitation signal for the synthesis filter.
In embodiments the prediction domain frames may correspond
to filtered versions of the excitation frames. For example,
perceptual filtering may be applied to an excitation frame

25 to obtain the prediction domain frame. In cother embodiments
high—pass or low-pass filtering may be applied to the
excitation frames to obtain the prediction domain frames.
In yet ancther embodiment, the prediction domain frames may
directly cozrespoﬁd to excitation frames.

30
The audio encoder 10 further comprises a time-aliasing
introducing transformer 14 for transforming overlapping
prediction domain frames to the frequency domain to obtain
prediction domain frame spectra, wherein the time-alliasing

35 introducing transformer 14 is adapted for transforming the
overlapping prediction domain frames in a critically
sampled way. The audic encoder 10 further comprises a
redundancy reducing encoder 16 for encoding the prediction



polyphase quadrature filter (PQF = Polyphase Quadrature 15 Filter) bank. The output of this MDCT is
postprocessed by an alias reduction formula to reduce the typical aliasing of the PQF filter bank. Such
a combinatiog@®b@diigudank with an MDCT is called a hybrid filter bank gsa-gipbhangddMPCT. AAC, on
the other hand, normally uses 20 a pure MDCT; aaly 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. 25 As, a lapped
transform, the [ogmiS al%egi?%ﬁués@ael%tolr:ﬁpatrgd (ftg%f]r%gr I%)luerie?-rr’gl% & tr ﬁgf%?r%stfﬁ ?ﬁ:gt ifffas half as
many outputs a§igpuee Eistbatiastife s@fe RiMbEACATBErtiEWMAL it i eaPardation RN -> 30
1114, where R deratesdhe set of real numbers. The 2N real numbers x0, ..., x20-1 are transformed
into the-N real numbers X0, ..., X0_1 according to the formula in Fig. 2a. The normalization coefficient
in front of this transform, 35 here unity, is an arbitrary,convention and differs between treafments. Only
the produc{}’of tﬁé‘ﬁof:r%gﬁ?gt%h%yoﬁ%g%b&q' SHGHE beéﬁadéI&ﬁ, RERHRiInsd. Wong
2010/003491 PEH/EPZI0DENS 1S TS veRse MPET B khbwie adake IMDETCBEgauseahere are
different numbess el inpttisand oS, At dirst glares: it mighicseem thed thinmheh shenldgiot be
invertible. Howevgr, perfectipyertipility is achieved by adding the overlapped 5 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). 10 The IMDCT transforms N real numbers XO, ...,
XN-3. intolN rda risapeisres b 0-heacebiding 16 a8d Fernivla He FWE 210 LIke forTReIBCTAY, an
orthogonal transfosm, tbe iaveisedws thersamedarrasihedorwaed-tapgfonm. Lbdadthetcase of a
windowed MD G with{he psnakwindaw narmalization,seefeelowyie ngimalizatipn.cogficient in
- front of the IMDCT ghould be rgultl lied ?}/ 2i.e., bec%mlnng 2IN. 2 Althou%h the direct aigtgllcatlon of

the MDCT formtia Wotd ?enquw(e”B%ﬂZ) opaé?gtios Se?cl;[ |§%oss%%}1ea Sco‘irlﬁlpu & Té €5met %]RNith only
O(N log N) complexiaByp tédursiviely Fackirifi¢ tHeBonsiamadon, 43 #nthe fFAStEouriePgaasdrm (FFT).
One can also caripige MBCThwa othet 25attansfarms, typically arl3FE {FT) fare D& aoembined with
O(N) pre- and peglPEOGRSSING: SERA AlSR: RS SlescHbed Relaw any. algpsithmfor, the, DL T-L;
immediately pr%\gges a nggthggrto .cgmpuéeégﬁé\/lD%r and I:':Vé gT@{gxen size. go Ingplcal
signal-compression appﬁlcaﬁons,r%eqrans?’orm p%’perﬁes Bfe further |mprove%‘:"b3}1 using%m\?vis’ndow
function wn (n 2BSOTINA) that issmultifita3fith xRl §ir fh tRORIDET dridIMBETRSkARias, above,
in order to avoidMESEO Nt Nuitidsatee Pis Oraprtak 28blsomed atesnizyE making

20
In the following, the MDCT will 'be explained in further

detazil with the help of the equations illustrated in Figs.

2a-23. The modified discrete cosine transform (MDCT) is a
Fourier-related transform based on the type-IV discrete
25 cosine transform (DCT-IV = Discrete Cosine Transform type
IV), with the additional property of being lapped, i.e. it
is designed to be performed on consecutive blocks of a
larger dataset, where subsequent blocks are overlapped so
that e.g. the last half of one block coincides with the
30 first half of the next block. This overlapping, in addition
to the energy-compaction qualities of the DCT, makes the
MDCT especially attractive for signal compression
applications, since it helps to avoid artifacts stemming
from the block boundaries. Thus, an MDCT is employed in MP3
35 (MP3 = MPEG2/4 layer 3), AC-3 (AC-3 = Audio Codec 3 by
Dolby), 0Ogg Vorbis, and RAC (ARAC = Advanced Audio Coding)

for audio compression, for example.



35 the function go smoothly to zero at those points. That is, the data is windowed before the MDCT
and after the IMDCT. In principle, x and y could have different window functions, and the window

function coulgyalsaghaage from WO 2010/003491PCT/EP2009/004015 }6-piag.Medlutasthe next,
especially for the case where data blocks of differant sizes are combined, but for simplicity the
common case of identical window functions for equal-sized blocks is considered -first. 5 The transform
remains invertible, i.e. TDAC works, for a symmetric window w n= W2N-1-nt as long as w satisfies the

Princen-Bradley CShditiSit adi@idiRg I8 875 D21 0 REMS R diffd e Afdov Rfh cHEAS 2%¢ cdMmon, an
example is gived %8 Fig. 2ellfbpwiPg and MPREG-2 IRE) amd itk Flgy 28 fonerbisinalC Brasds g
Kaiser-Bessel degverk{6BB= iKnisenBesse) deryed) windovws anddVIPEG-4 AAG gab alse yise a KBD
ligow&l I'ﬁgatgitgg MQ%]Aeée diff; rengé%m Vgndowsbuesgd tgé (tJQrer types of
e -Brad

window. 15 Notg ﬂl%ts"% I ndows
signal analysis, since t must fulfill the Princen-Bradléy condition. One of the reasons Tor this

difference iS that MBETwifiBowE 57& 20 AP peE bFee for bERR B R C T [h MRST filtdry 88 the
IMDCT (synthesis fitbg. Ad sandieeseshry ibspectibpmwf the defisiidnsa forevealN theaMEIGT is

essentially equivaleat tomoRed -Ivr whaee the@p iBpulds shifted by M/2and tweN-blagks ghgata are

transformed at e ini is_equivalence mgre carefully, important propertjes like TDAC
can be easily dg%eg.g%{ In ordgr}%o{t:de?inqgkfh%%?gcc?segrzé?a%ioﬁgﬁ%% ﬁmé D&?‘%%’/’,Pgﬁlé St realize
that the DCT-IVE5HESp6AAs B 8ferR&tint & mBd FBBAAHS ToRdisnd Neis eth Aadmboundary
(around nF0L12% Iddridtis dght hedmdadn@ardurahsEN:m2), 4nd so on (instead of periodic boundaries
as for 35 a DFT). This follows from the identities given in Fig. 2f. Thus, if its inputs are an array x of

e A s (5 i 1087 87 et T et
L directly, but rather to the output of a 32-band

polyphase quadrature filter (PQF = Polyphase Quadrature

15 Filter) bank. The output of this MDCT is 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 MDCT. BAAC, on the other hand, normally uses

20 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 Audic Coding)
uses stacked quadrature mirror filters (QOMF) followed by
an MDCT.

25
As a lapped transform, the MDCT 4is a bit unusual
compared to other Fourier-related transforms in that i®
has half as many outputs as inputs (instead of the same
number). In particular, it is a linear function F : R® ->

30 RY, where R denotes the set of real numbers. The 2N real
numbers xg, ..., X1 &are transformed into the N real
numbers Xg, ..., Xw¢ according to the formula in Fig. 2a.

The normalization coefficient in front of this transform,

35 here unity, is an arbitrary convention and differs between
treatments. Only the product of the normalizations of the
MDCT and the IMDCT, below, is constrained.



Consider an MDCT with 2N inputs and N outputs, where the inputs can be divided into four blocks (a,
b, c, d) each of size N/2. If these are shifted by N/2 (from the +N/2 term 5 in the MDCT definition), then

(b, c, d) extegehpasttisgnd of the N DCT-IV inputs, so they must be "folqe(g;'!%lﬁ%g {ging to the
boundary conditions described above. Thus, the NYDCT of 2N inputs (a, b, ¢, d) is exactly 10

equivalent to a DCT-IV of the N inputs: (-c-d, a-hR), where R denotes reversal as above. In this way,
any algorithm to compute the DCT-IV can be trivially applied to the MDCT. 15 Similarly, the IMDCT
formula as mentiBired Hbovesis prétiSely 4/Xobte BETHYEWRIEPGE itsBrasinversdiewhersthe output
is shifted by N/2@ngifedended (visdhe hofindapneendiians)topa tength 2N Mhetinyeese-PGR:1V would

simply give back the Joputs.(-CRed, a-DR) g abays, 3G Vihen s is,shifteciand extended via the

boundary conditionS, one obtains the result displayed |n Fig. 2g. Half of the IMDCT outputs are thus
redundant. One B&A FAF und¥RFEHPhdRTDAE M’§?§ﬁﬁp§§e AT A8 2 MAYSESARBIADCT of
the subsequent, BV bvedfppetseNusiotk () el 2app The IMDCTswillchas i/iedd tawalegous to the
above: (c-dR, d-¢B, exfRceR+{}Ad. When tbisiigadded wathdherpreieus iIMDG Evesylt ir the

overlapping halftheseygred fermp,capgel 200 qne,oblais simoly ¢, 8,30 resovering, the,grigina

data. The origin of the tefm "time-domain aliasing cancellation™ is now clear. The use of input data that
extend beyond th& Huhdaries of the logical DCT-IV causes the data to be 35 aliased in exactly the
same way that frequencies beyond the Nyquist frequency are aliased to lower frequencies, except that

this aliasingeoccarsin thptimedemairdasteas ok-theifreqieney slomain..Hencexthe combhinations c-dR
and so on, WO gQ&Q/OQ%ﬁ%JePrgT/EEZOQ9/00403}% 18 which have prc—egise%@e_ggp&ﬁiggs fqr the

combinations to cancel when they aré added. Forodd N (which are rarelx]used in practice), N/2 is not

-5 an integer so theMDET isTidtSirhBly & BRiftermtifatidlors BOEN 2 this TRe abidRional
~ shift by half a sabpie freahd thdtltie MDE TIMBCThddsmés euaialdiao e DGT-I11/1, and the
analysis is analogous to the above.

15 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/M. :

20 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 log N} complexity by recursively
facteorizing the computation, as in the fast Fourier
transform (FFT). Cne can also compute MDCTs via other

25 transforms, typically a DET (FFT) or a DCT, combined with
G (N) pre- aﬁd. post-processing steps. Also, as described
below, any algorithm for the DCT-IV immediately provides a
method to compute the MDCT and IMDCT of even size.

30 In typical signal-compression applications, the transform
properties are further improved by using a window function
wy (n =0, ..., 2N=1) that is multiplied with x; and y, in
the MDET and IMDCT formulas, above, in order tTo avoid
discontinuities at the n = 0 and 2N boundaries by making

35 the function go smocothly to zero at those poiﬁts. That 1is,
the data is windowed before the MDCT and after the IMDCT.
In principle, x and y could have different window
functions, and the window function could alsoc change from



10 Above, the TDAC property was proved for the ordinary MDCT, showing that adding IMDCTSs of
subsequent blocks in their overlapping half recovers the original data. The derivation of this inverse

property for thgywinglgygd MDCT is only slightly more complicated. 15 Regall frpimahRvgsthat when
(a,b,c,d) and (c,d,e,f) are MDCTed, IMDCTed, angsadded in their overlapping half, we obtain (c +

dR,cR+d)/2+ (c-dR,d-cR) /2= (c,d), the original data. 20 Now, multiplying both the MDCT inputs
and the IMDCT outputs by a window function of length 2N is supposed. As above, we assume a
symmetric wind@Rgurttiopk whichtiBghdrefdre of SR fokit (Y, z ZREwWR) ewisar@ay ehelre ap tength-N/2
vectors 25 and B leteiesoveisat @sdgforel 7hendbe Peinapprradiayseonthitions¢am beanrten w2

22H = (1 1) 30 withthemyltiplicatiopsandadditiopsperfarmed-glsmentyyse ; anequivalently, WO
2010/003491PCT/EP2009/004015 19 Therefore,insteadofMDCTing(a,b,c,d),MDCT (wa,zb,zRc,wRd)
is MDCTed with RGBS BeoHTiad 2iéifleAtliSE "When this is IMDCTed and multiplied again
(elementwise) by the window function, the last-N half 5 results as displayed in Fig. 2h. Note that the
multiplication byTH2 is:r@ fgempresan.i becausedhe IMDCT nargmalizaten difiensshy & facter of 2 in

the windowed c%sgm%gglggy,mgagwdqyxed;MQZ%:I_%Dd IMDGT, 19 of {c.d,e.D.\ields, in.itsfirst-N half
according to Fig. 2i. When these two halves are added together, the results of Fig. 2j are obtained,

the
‘recovering the originGdstar 18 Y. $208piteBnbiRer ifrfenf b¥ the? Sudio coder 10. In the

embodiment depicted in Fig. 3a the time-aliasing introducing transformer 14 comprises a windowing
filter 17 fon applying sowindeniFe fuation 10 averlanpieg predictioredeivaiiciigmas are arganyverter 18
for converting W@-Lrgjog\iq;iego Qxeﬁ%ping&)r@gifti%gog}g&n framestothe rprggi&ti o) dpmjain spectra.

According to the above mgtjple window functions are_conceivable, some of which will bé detailed

- further below. 25 Fnot&F Embodifient of BRHNdi6 entodEr 10 7€ B&Bicted T EIE Sb. KBl =

" embodiment defigietRinEigs Spihetimicmidsinglingetucing dradiBisimfer AACcoraprigelssg prdeessor 19
for detecting an £vepband daproviding a window sequence information if the event is detected and 30
wherein theswindowing filter 17 is adapted for applying the windowing function according to the window

analyzed from (N8 FEmES s 116 BARHTocPHHS Soner Fof Exbat Qi oM R o gon
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
20 applied twice, for both the MDCT (analysis filter) and the

IMDCT (synthesis filter).

As can be seen by inspection ¢f the definitions, for even N
the MDCT is essentially equivalent to a DCT-IV, where the

25 input 1is shifted by N/2 and twe N-blocks of data are
transfofmed at once. By examining this equivalence more
carefully, important prcoperties lIike TDAC can be easily
derived.

30 In order to define the precise relationship to the DCT-IV,
one must realize that the DCT-IV corresponds to alternating
even/odd boundary conditions, it is even at its left
boundary (around n=-1/2}, odd at its right boundary (around
n=N-1/2), and so on (instead of periodic boundaries as for

35 a DFT). This follows from the identities given in Fig. 2f.
Thus, 1if its inputs are an array x of length N,imagine
extending this array to (%, =Xz, X, Xz, ...) and so on can

be imagined, where xz denctes x in reverse order.



35 or different window edges etc. may be applied according to for example autocorrelation properties
of the signal, tonality, transience, etc. In other words, different events may occur as part of different
properties ofhe.fiamesal WO 2010/003491PCT/EP2009/004015 20 the,gaippiashakdig signal, and
the processor 19 may provide a sequence of diffegent windows in dependence on the properties of the
frames of the audio signal. More detailed sequences and parameters for window sequences will be set
5 out below. Fig. 3¢ shows another embodiment of an audio encoder 10. In the embodiment depicted
in Fig. 3d the prediction domain frames are not only provided to the time-aliasing 10 introducing
transformer 14 buhalsade aznodEbodk erndide?ld 3 iwhichsis addptiéd fortendotlingritelsrediction

dhomainbffgmes g4 on.a predetaryingd.codahookdeoiainca sodehoek eacoded Fase.ddoreover,
the embodiment depicted.in Eig. 3¢ comprises a.degider for decidin her.to u ebook
encoded frame Bt %%céd%d 'fr;%e%l%eo%?aiﬁrat?ﬁnsa{?ﬁ/%r?c%d%a f?g}lr#e %g\é% o%hagcoﬂ?r{]zse?f%%%cy
measure. The emboditeRERpreéd M Fig 8o me§etsd Be Glefl’a E6588% &5 ke SR%nis
scenario the desigler:izhas thecgedgsibility;rtotahtainenddded frantes fiom tivbo2@ibrHhches;lone

- branch being trapsfgrmation based the gtheidranch heing sadebrakcbased laguder to determine a
coding efficiency measure, the decider may decode the encoded frames from both branches, and then
determine the coding efficiency measure by evaluating error statistics from the 25 different branches.
In other words, Phatgecideie 5 ¥R§The 2flat¥d fdRPetHingdhe Shcoding Srocetfire 78 S&d¥ying out
full decodiry foehathviaraashest blavingtfolly Técouied framed théreeider 15 -3Cknthy bedddpted for

comparing the %@ggd g,@mg@%@etge g@g}@@lﬁmplﬁ, VdheRis, i_ndi@ate_dmysthe.q@gttgd anpw i_n Fig.
3c. In the embodiment,shown in %ﬁg@@e&eg%ﬁ%{; %Igg pggwggg,\yxlgllihf QE?SHQE‘ damain

- frames, therewi RiSa E‘BHeE% € encoded frames from the 35 redundancy reducing encoder
" 16 and also dedéte éBdebook
15 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 2ZN. The inverse DCT-1V
would simply give back the inputs (-cy~d, a-bz} from above.

20 When this is shifted and extended via the Dboundary
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
25 computes the MDCT of the subsequent, 50% overlapped, 2N
block {(c, d, e, f£). The IMDCT will then yield, analogous to
the above: (c-dg, d~ca, e+fr, extf) / 2. When this is added
with the previous IMDCT result in the overlapping half, the
reversed terms cancel and one obtains simply (¢, d),

30 recovering the original data.

The origin of the term “"time-domain aliasing cancellation"
is now clear. The use of input data that extend beyond the
boundaries of the logical DCT-IV causes the data to be
35 aliased in exactly the same way that frequencies beyond the
Nyguist frequency are aliased to lower frequencies, except
that this aliasing occurs in the time domain instead of the

fregquency domain. Hence the combinations c-dg and so on,



encoded frames from the codebook encoder 13 and compare the results to the originally encoded
prediction domain frames. Therewith, in one embodiment by comparing the differences, WO

2010/00349 36 M/fslo@da®P/004015 21 coding efficiency measures for exapghlgpaoiglmsef a
signal-to-noise ratio or a statistical error or minimwsm error, etc. can be determined, in some

embodiments also in relation to the respective code rate, i.e. the number of 5 bits required to encode
the frames. The ci?é:i er 15 can then be ?dap ed for.s Iectinﬁ either encoded frames from the
|

HOAGENA8dEr Y BF IS LEadtbokerEoted HaTes T firklfy er2BREG 3RS based

redundancy redu
on the coding effieiehgpFhdasiren10heiy. Berstisiednother embodiment of the audio encoder 10. In
the embodiment shown in Fig. 3d there is a switch 20 coupled-to the decider 15 for switching the

prediction doma fagigs betesn the Ure-aliasinginyedycing 15 dcansfayer 4¢yand (e gadebook
encoder 13 pased on a coding efficiency measure. The decider 15 can be adapted for determining a
coding effic’ency ekt Hasts o%eﬁll?g e5%ftRE sAtpied aﬁd?g‘éigﬁaﬁ‘? BrE& HYetBmine the

position of the switd20 IVe. whethekis us@sfe, 20thensisidibased toditg Beankl whh tffe a -
- time-aliasing inteaduslrg tansformre t4 e ieredundancybesieing ercones léner the corgbook
based enCOd'”gdﬁfﬂ‘fEWﬁt,hea%@qg@l%%ﬁcl%eirsl%ﬁ%ﬁ'&ﬁ%&}?ﬁ”@&’n@ﬁ@ §yihe coding

efficiency measure may be determined based on properties of 2 rames of the sampled audio
signal, i.e. the audio properties themselves, for example whether the frame is more tone-like or
noise-like. Xfhe ddiffitRiratidieofPRCerRbearAdnt stwrPinamigd3d ar30-hfsoaaiietespe MBep
configuration, sishe+hedecider 1% amyndecidebbasedan thedspytisames Witbiost knowing the results

of the outcome gf,the;iespeqtive, se¢ingdranehsin-yet mg%smbagmn&ﬁh@ dRaqemay, decide

~“based on the pre%ict'%n, omain frames, which js shown in g 3d bg the 35 dotted arrow. In other
©words, in one efibo iment, e’ Gédidert s ealil Not 6REide BEsed S M arhss bf tHE saCFﬂE)Péd audio
signal, but rathet biHihelpteBrEi®NRSRAFFRERRS. WO 2010/003491PCT/EP2009/004015 22 In the
following, e decision process of the decider 15 is illuminated. Generally, a differentiation between an

impulse-like porgigp.of An audip signaland astatigNaty (a,b,c,d) and (c,d,e, f) are

MDCTed, - IMDCTed, and added in their overlapping half, we
obtain {c + dr,cr + d} / 2 4+ (c = dg,d — cz) / 2 = (¢, d),
the original data.

20
Now, multiplying both the MDCT inputs and the IMDCT outputs
by a window function of length 2N is supposed. As above, we
assume & symmetric window function, which is therefore of
the form {(w,z,zr,wg), where w and 'z are length-N/2 vectors

25 and R denotes reversal as before. Then the Princen-Bradley
condition can be written '

¥

w4+ 25 = (1,1,...)

300 with  the multiplications and additions performed

elementwise, or eguivalently

wh+ 22 = (1,1,..)

35 reversing w and z.



5 portion of a stationary signal can be made by applying a signal processing operation, in which the
impulse-like characteristic is measured and the stationary-like characteristic is measured as well Such

measuremenig 3/ esexample, be done by analyzing the waveform of the-prgigedQosigaal. To this
end, any transform-based processing or LPC progessing or any other processing can be performed.
An intuitive way for determining as to whether the portion is impulse-like or not is for example to look at
a time domain waveform and to determine whether this time domain waveform 15 has peaks at regular

or irregular interVaRE &ht Seaks inregbR#dntervas are BRSTHPe suitdd 16 & Pbech-IikEPbder, i.e.
for the codebooKwencadersNotadthat even wittiig Bpeéechwoided aad Unvoitedtparisicarn bens
;:Iistinguisr;]ed. Tﬁiﬁggiﬁp@@f k@jg@@ggl&g@ g@ﬁy hﬁéﬁpf@-ﬁ_@h ef{i_giemltgf-y@gp_egrggﬁ@lmrﬁglga&oiceci .
rames, wherein_the.transform-based branch comprising, the time-aliasing introduci ans er
and the redund AT L BT 5 iy e L aUrc el T Ao - ong . the
transform based 864ihESmay «fdFBd 26 39 shitdble48r stationary signals other than voice signals.
Exemplarily, reference is made to Figs. 4a and 4b, 5a and 5b, respectively. Impulse-like signal
segments or signatportinas anthstafivnarysigealsegments ok sighalRortions.3Q- argegmplarily
discussed. Gengrally, the deeidslybacan i adapied for decifing based on diferent giiteyia as .9
stationarity, transience, spectral whiteness, etc. In the following an exa?’mple criteria is given as part of
an embodiment tBpedABARY 2V oidtPspettis fistratdd i 35 ERCHEI HEEmarbnidiRGhd in Fig.
4b in the figquen€y damdincarfd is giselissed asrexarnple forartiripulsellike signakpartion, tamd an
unvoiced speechisggment agieh Weh2910/QQRALRETLEP20P9/0Q4Q(L%: 23 exappiafor & stationary
signal portion is dég%ﬁssed ci)r% cQnn ctign wét@ eFi%% 5%%%% 5b.r%%eogggﬁaﬁn gq:rheéalg/rg% glrglg,fified as
~voiced, unvoiced or 5 mixed. Timezan -Jfrequency omain plots for samp etl voiced and unvoiced
segments are sH&WwA in Figs. 4a, 4b, 5a and 5b. Voiced speech is quasi periodic in the time domain

and harmonically structured in the frequency domain, while unvoiced speech is random-like and
broadband.gn agdifionsa depicts another embodiment of the audio coder 10.

In the embodiment depicted in Fig. 3a the time-aliasing
introducing transformer 14 comprises a windowing filter 17
for applying a windowing function to overlapping prediction
domain frames and a converter 18 for converting windowed
20 overlapping prediction domain frames to the prediction
domain spectra. According to the above multiple window
functions are conceivable, some of which will be detailed

further below.

25 Another embodiment of an audio encoder 1C is depicted in
Fig. 3b. In the embodiment depicted in Fig. 3b the time-
aliasing introducing transformer 14 comprises a
processor 19 for detecting an event and for providing a
window sequence information if the event is detected and

30 wherein the windowing filter 17 is adapted for applying the
windeowing function according to the window seguence
information. For example, the event may occur dependent on
certain signal properties analyzed from the frames of the
sampled audio signal. For example different window length

35 or different window edges etc. may be applied according to
for example autocorrelation properties of the signal,
tonality, transience, etc. In other words, different events
may occur as part of different properties of the frames of



10 the energy of voiced segments is generally higher than the energy of unvoiced segments. The
short-term spectrum of voiced speech is characterized by its fine and formant structure. The fine
harmonic strygiwgds@aeensequence of the quasi-periodicity of speech an@-fgwse@itgluted to 15 the
vibrating vocal cords. The torment structure, whicle is also called the spectral envelope, is due to the
interaction of the source and the vocal tracts. The vocal tracts consist of the pharynx and the mouth
cavity. The shape of the spectral envelope that "fits" the short-term 20 spectrum of voiced speech is
associated with tH& triAERY thaftdeRstREB e vBREl F5& RRPRE HRCIral tif iy dgfé}&éf%) due to
the glottal pulsea Thesspeotce envélopdiit teeadterizetdnya set of péarsNZsitfch afe chlled
formants. The fymants @fe dhe resanant raades efthenvocal rest. Figrihe avesage docalitraet there
are 3 10 5 formapie beiout  khizs The Alliludse 3t lagatians oLihg UstLes armagts, dspally
occurring below™ S RHZ Hre quite important, both, in speech synthesis 30 and perception. Higher
formants are alﬁlﬁznﬁi’?&é’r‘ﬁ'for wideband and unvoiced speech representations. The properties of
speech are related to physical speech production systems as follows. Exciting the vocal tract with
quasi-periodic gioftal aipuses geasratad byhs b vibkating vaeal nends peediseasrvaiced speech.
The frequency af.the periodic pulse is referred fo as t n | fr : it rcing air
through a const%&?on%ﬁ'%ﬁg'%/ro%glsctraaé’ta%%gﬁ%%s %?wc%%él‘c'i ﬁiﬁ%agggggg%d%ge%%%ﬁ
2010/003491PCEHERZD09ABA0139% dudTd the FISUEHEDuplify of tRE nadditfa@ 1635 V8cal tract,
and plosivéGounds sedredacedtreabiiptyaedddingtie ait pressore wiisiereghusingpdsahind the
closure in the tracf, 5 Fhusha siationasy peionof thenaudiorsigneheandie a siatienaryaeartian in the
time domain as jlusfialed 4 Eig, Sa,0r atatignaly hariendy e Jegueasy dogia,whien isdifferent
from the impulsé-like portion as 10 illustrated for example in Fig. 4a, due to the fact that the stationary
portion in the tirk@ ek dﬁﬁgﬁ%?ghoﬁﬁ%?maﬁgﬁer‘gﬁ%ﬁtin_ggﬁﬁlsgg. ngﬁ?% ofiikEY&Er on,
however, the differeRiigtio Detvamy sgionarydseriions ahatinpreisa e pprivhkedantslsy B
performedigsing LRG dSppethods sulicl medekihe yecabiractar thie sxeitation ebtheivocal tracts.
When the frequeqgs doaln, b figseigpahis sonsidered. Imeulagslicesgnas sy ieRiorainent

appearance of the individual formants, i.e., prominent peaks_in Fig. 4b, while %)he stat?rg&ys ectrum
a

has quite a 20 Wing sFERPEHE Hustrae %ig.lgb: o the B of hhffo ic sighats, quite a
continuous noise Yo havimePsoRse prorhinent Pedksife presSiintspelRic d6rds Whide o8&, for
example, in a muisie sigials bbt which, do net havetsuich a regudalkedistaficardfitom eécbmthervas the 25

impulse-likg signalin fids4b. Suthermoe, ippulse-like-pertiges apdstationaty peions.gag:occur in a
timely manner, i.e., which means ortl?}n of the ?udlgrlﬂggaltln tg’g% IS stationary a dnBO another
i

h that
portion of the aLPdiS%?dhﬁerﬁ ’i}iﬁ]ec%%lﬁ%ﬁ%(e- &S tem%tive y or ao?ditlonaﬁfg/r,n%ﬁlé<3 cRaractefistics of a
signal can be diféfdrftiigniferaftdmgiency BihdSerHEs ThetfsterdAedn, Wwhethemretidio signal
is stationary or inHamse-like,ceantadedm be>perfotmed 35rirequbroy-skleetive se thata ceodimfrequency

band or several ceftain fiegyeney bands gie eensidaredip ke stationantand otherfreguency bands

are con5|d2e§ed t 1?% lmpu S%L}‘g%é etgl_s case, a certain time portion of the

In other words, the decider 15 may be adapted for reverting
the encoding procedure, i.e. carrying cut full deceoding for
both branches. Having fuliy'decoded frames the decider 15
30 may be adapted for comparing the decoded samples to the
original samples, which is indicated by the dotted arrow in
Fig. 3c. In the embodiment shown in Fig. 3¢ the decider 15
is also provided with the prediction domain frames,
therewith it is enabled to decode encoded frames from the
35 redundancy reducing encoder 16 and also decode codebook
encoded frames from the codebook encoder 13 and compare the
results to the originally encoded prediction domain frames.

Therewith, in one embodiment by comparing the differences,



WO 2010/003491PCT/EP2009/004015 25 audio signal might include an impulse-like portion or a
stationary portion. Coming back to the embodiment shown in Fig. 3d, the 5 decider 15 may analyze

the audio framesyiggdiegdiction domain frames or the excitation signal, ingrelepigelesgsmine whether
they are rather impulse-like, i.e. more suitable forzhe codebook encoder 13, or stationary, i.e. more

suitable for the transform-based encoding branch. 10 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®24fFialFelkt+ S ARUre S 3paRRTs, EPSceddingPdLIEER, VBEHE N& 10215
October 1994, ppidbal-1582nTheeCELPiencoder as ilusttatediindlg. 6incudesa long:ieram

prediction compapeR60 ane a shait-imyrediclion.compenaif2. Ershermers. 2 sadepagk is used
which is indicaterde tQAi.O% p%roce%tHal w%i htigg ﬁlvtgr \c/:\{) )ais irggleme.nted a %6, and“%O an error
minimization controlier is provide at 68°8 n@f is the input audio s?gnaﬁ Atter a\?inél'ﬁ)ee%rpe?ceptually
weighted, the woiyhiedrSigRAFRIANHEL RRTadtibtR tdTET SFhich taldratbdane £PrordietivBen the -
weighted synthesés sigirtfedtpuicaf bloekea)iangl the dotual 2hwweighted prediction esror signal sw(n).
Generally, the shatdgra.negdiction A és calestaied by an LRC analysis,siags ywhicBiuil hesfurther
discussed below; rl%%%ndigg or}thigir];ormee%iogd%hg Ic%nlga%t“ergw BOboaregié;tion AL(CZIF} incI(l:Jg s the
long-term predic%ion_ga‘m b and dlé'iay y(also kRown as pi ch gain anad pltchoaelay S THE P
algorithm encod@& kA& EXRRAtiGIFBF PFsttiction domain frames using a codebook of for example
Gaussian $équences. The ACELP algorithm, where the "A" stands for 35 "algebraic" has a specific

algebraically degigged s9dghagk W 2040/003494 Bk HEPRBOYNO4QLR: 6 encoder 10.
In the embodiment shown in Fig. 3d there is a switch 20
coupled - to the decider 15 for switching the prediction
domain frames between the time-aliasing = introducing

15 transfermer 14 and the codebcok encoder 13 based on a
coding efficiency measure. The decider 15 can be adapted
for determining a coding efficiency measure based on the
frames of the sampled audic signal, in order to determine
the position of the switch 20, i.e. whether to use the

20 transform-based coding branch with the time-aliasing
introducing transformer 14 and the redundancy reducing
encoder 16 or the codebook based encoding branch with the
codebook encoder 13. As already mentioned above, the coding
efficiency measure may be determined based on properties of

25 the frames of the sampled audio signal, i.e. the audio

' properties themselves, for example whether the frame 1is
more tone-like or noise-like.

The configurafion of the embodiment shown in Fig. 3d 1is
30 also called open leoop configuration, since the decider 15
may decide based on the input frames without knowing the
results of the outcome of the respective coding branch. In
yet another embodiment the decider may decide based on the
prediction domain frames, which is shown in Fig. 3d by the
35 dotted arrow. In other words, in one embodiment, the
decider 15 may not decide based on the frames of the
sampled audio signal, but rather on the prediction domain

frames.



26 gain factor g scales the excitation vector and the excitation samples are filtered by the long-term
synthesis filter and a short-term synthesis filter. The "optimum” vectqgr is selected such that thet

perceptually wgighigshsean 5 square error is minimized. The search procgssiipfasskinals £vident from
the analysis-by-synthesis scheme illustrated in Figz 6. It is to be noted, that Fig. 6 only illustrates an

example of an analysis-by-synthesis CELP and that embodiments shall not be limited to the structure
shown in 10 Fig. 6. In CELL', the long-term predictor is often implemented as an adaptive codebook
containing the previous excitation signal. The long-term prediction delay and gain are 15 represented

by an adaptive EFdeBtkindER EHIgaik PR hRRCHE Q80 REREESE by IniHhifiAfftidShedn Sftiare
weighted error. it thismtase ¢kt exdiatienslgnal comsists of fleeradditishiafrtwo Jairwsealed wactors,

one from an adapfiye;cadebogk ang:qne.from a fixed gedehoak; Jhsipeserptual 20 yvaighting filter in
AMR-_VVB_+ Is based. gn the LfrPC filt régllugnthg ‘é)egce rEu ly weiglgted saii%%al gs a_faormlofi%n LPC
domain sigRal. RYh& 1PhsformPdoniain coder Uséd i AMRWEB+ “the transform iS apphed fo the
weighted signals AgiHe deBEQSE H5e- BRCItRIRSTT §ighaNis obfainéthbyhiltehing 25 B dé&sddd Geighted
signal through acfilteraeansistigief theiiaversesefssyrdhesissantl wetidlating Bitersi 803 secanstructed
TCX target x(n) may-be diltered throygh azesarstatednverse weighied syathasisflierA2En(AZ/A)) to
find the excitation Signal which can bg appligd t9 10g syqihesis,lter, Mot fatdhe iaigrglates LP filter
Pet 10 .signal. To this end, any transform-based processing or LPC
processing or any other processing can be performed. An
intuitive way for determining as to whether the portion is
impulse-like or not is for example to look at a time domain
waveform and to determine whether this time domain waveform
15 has peaks at regular or irregular intervals, and peaks in
regular intervals are even more suited for a speech-like
coder, i.e. for the codebook encoder. Note, that even
within speech volced and unvoiced  parts can be
distinguished. The codebook encoder 13 may be more
20 efficient for voiced signal parts or voiced frames, wherein
the transform-based branch comprising the time-aliasing
introducing transformer 14 and the redundancy reducing
encoder 16 may be more suitable for unvoiced frames.
Generally, the transform based coding may also be more

25 suitable for stationary signals other than voice signals.

Exemplarily, reference is made to Figs. 4a and 4b, 5a and
Sb, respectively. Impulse-like signal segments or signal
portions and stationary signal segments or signal portions
30 are exemplarily discussed. Generally, the decider 15 can be
adapted for deciding based on different criteria, as e.g.
stationarity, transience, spectral whiteness, etc. Iin the
following an example criteria is given as part of an
embodiment. Specifically, a voiced speech is illustrated in
35 Fig. 4da in the time domain and in Fig. 4b in the frequency
domain and is discussed as example for an impulse-like

signal portion, and an unvoiced spesech segment as an



subframe or frame is used in the filtering. Once the WO 2010/003491PCT/EP2009/004015 27 and
then de-emphasizing by for example filtering through the filter 110-0.158z-1). Note that the excitation
may also be wgpehigdepsdate the ACELP adaptive codebook and allows to switehfism X 'to AMP in
-a subsequent frame. Note also 5 that the length @f the TCX synthesis can be given by the TCX frame
length (without the overlap): 256, 512 or 1024 samples for the mod() of 1,2 or 3 respectively. The

functionality of an embodiment of the predictive coding 10 analysis stage .12 will | S
subsequently ac%ﬁﬁﬁ?ﬁg?q tggremaboa?ﬁécﬁtosfhao{/yn in n&%, Héﬁ%i%’g ér?aly%}sggﬁ‘gﬁl_%éé gﬂlﬁthesis in
the decider 15, ifQhaeEdRIINg Ehibddiffents 3L, PiHustrates a more detailed implementation of

an embodiment of an LPC analysis block 12. The audio signal is input into a filter determination block,

which determi”%@ééﬁt%@ﬁo?@{w@, i the infarmation qnscaefficieats for the swathegis filter.

This information 120 quantized and output as the short-term predictign information required for the
decoder. Ina suBtraEL 75%{"5%%?%3#5%%%?8 %thgoﬁaﬁgl ié:%'l%% a(r%glé p?%&ﬁ%# HE olged)

ed value tor the
current sample i RAbHAEREFSS IFATORTHS sARDHISPBHrédichisf Brrdtsighi& is gendfded t line

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,
10 the energy of voiced segments is generally higher than the
energy of unvoiced segments. The short-term spectrum of
voiced speech is characterized by its fire and formant
structure. The fine harmonic structure is a consequence of
the quasi-periodicity of speech and may be attributed to
15 the vibrating vocal cords. The formant structure, which is
alsc called the spectral envelope, 1s due to the
interaction of the source and the vocal tracts. The vocal
tracts consist ©f the pharynx and the mouth cavity. The
shape of the spectral envelope that “fits” the short-term
20 spectrum of voiced speech is associated with the transfer
characteristics of the vocal tract and the spectral tilt

{6 dB/octave) due to the glottal pulse.

The spectral envelope 1s characterized by a set of peaks,
25 which are called formants. The formants are the resonant
modes of the vocal tract. For the éveraga vocal tract there
are 3 to 5 formants below 5 kHz. The amplitudes and
iocations of the first three formants, usually occurring
below 3 kHz are quite important, both, in speech synthesis
30 and perception. Higher formants are also important for
wideband and unvoiced speech representations. The
properties of speech are related to physical speech
production systems as follows. Exciting the vocal tract
with quasi-periodic glottal air pulses generated by the
35 vibrating vocal cords produces voiced speech. The frequency
of the periodic pulse is referred to as the fundamental
frequency or pitch. Forcing air through a constriction in
the vocal tract produces unvoiced speech. Nasal sounds are



25 784. Note that the prediction error signal may also be called excitation signal or excitation frame
(usually after being encoded). An embodiment of an audio decoder 80 for decoding encoded 30

frames to obiginiramesqaf a sampled audio signal, wherein a frame comm@ggg&y@gﬁof 'gime
domain samples, is shown in Fig. 8a. The audio decoder 80 comprises a redundancy retrieving
decoder 82 for decoding the encoded frames to obtain information on coefficients for a synthesis filter

35 and prediction,domain frame spectra, or prediction spectral domain frames. The audio decoder 80
" $%5 \)%/’f) 2%1%/0 %ﬂ@it’ﬁ/@é@d@ﬁéﬁﬁ% 2BNfvel&S e HiaShng itrotliing

further comprises an

transformer 84 foff@sfor A the PredieHsF Fectrabdomain Frmeredieaimdgonadinitp hyain

overlapping predietincdomainteanss; wheseisuies inverserimeraliasing intregugiag iranstasmer 5 84
is adapted for determiping qyeriappirg prediCtion domain frames from consecutive prediction domain
frame spectrsa. Moreover, the audio decoder 80 comprises an overlap/add combiner 86 for combining

overlapping prediation domain
Thus, a stationary portion of the audio 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 impulse-like portion as
10 illustrated for example in Fig. 4a, due to the fact that
the statiocnary portion in the time domain does not show
permanent repeating pulses. As will be outlined later on,
however, the differentiation between stationary portions
and impulse-like portions can also be performed using LPC
15 methods, which model the vocal'tréct and the excitation of
the vocal tracts. When the frequency domain of the signal
is considered, impulse-like signals show the prominent
appearance of the individual formants, i.e., prominent
peaks in Fig. 4b, while the stationary spectrum has quite a
20 wide spectrum as illustrated in Fig. 5b, or in the case of
harmonic signals, guite a continuous noise floor having
some prominent peaks representing specific tones which
occur, for example, in & music signal, but whiech do not
have such a regular distance from each other as the

25 impulse-like signal in Fig. 4b.

Furthermore, impulse-like portions and stationary portions
can occur in a timely manner, i.e., which means that a
portion of the audio signal in time is stationary and
30 another portion of the audio sigﬁal in time is impulse-
like. Alternatively or additionally, the characteristics of
a signal can be different in different frequency bands.
Thus, the determination, whether the audio signal is
stationary or impulse-like, can alsc be performed
35 frequency-selective so that a certain frequency band or
several certain frequency bands are considered to be
stationary and other frequency bands are considered to be
impulse~like. In this case, a certain time portion of the



frames to obtain a prediction domain frame in a critically 10 sampled way. The prediction domain
frame may consist of the LPC-based weighted signal. The overlap/add combiner 86 may also include

a converter fereeanyesing prediction domain frames into excitation frames:cHhgpagidigygiggoder 80
further comprises a predictive synthesis stage 88zfor determining 15 the synthesis frame based on the
coefficients and the excitation frame. The overlap and add combiner 86 can be adapted for combining

overlapping predictipn domain frames such, that an 20 average number, of samples in an prediction
domain frame eﬁﬁ I’soansé\/%rrlgée r‘ﬂi‘rﬁBEr ot §anii&s 5fthe Pel{i&i@t o"ri& %aﬁ#&rhg%pé) rufh. In
embodiments thetverseatimeralizsiag introducing transformer 84 can be adapted for transforming the
prediction domain frame spectra to the 25 time domain according to an IMDCT, according to the above

details. Generallyin; block 86, after. overlap/add gombi.may in grabadiments ppgonally be an,

.excitation 30 which is indicated in brackets in Figs. embodiments the overlagp/add ma be,carﬁed out
weighted dSmaff® féithe \%eiﬁ'ﬁ‘t%d SRRaY Aty %Eecor?\}léjr{'eod td mé“%ﬁ(:itaﬁ%)ﬁ siﬁﬁgf%fﬁﬁé)ﬁhg
through the invetegatnhe eigisted syhthdsis filtex @5tRbisaver sihdrabodimentsotiitepredidive
~ synthesis stagedift eam becadaptathtor deterining theatrage basedloielingate, i.e. more
suitable for the codebook éncodem 13, or statibnaxy, i.e.
more suitable for the transform-based encoeding branch.
10
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 Spaniers, Proceedings of IEEE, Vel. 84, No. 10,
15 October 19984, pp. 1541-1582. The CELP encoder as
illustrated in Fig. € 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
20 an error minimization controller is provided at 6B. s{n} is
the input audio signal. After having been perceptually
weighted, the weighted signal is input into a subtractor
69, which calculates the error between the weighted
synthesis signal (output of block 66) and the actual
25 weighted prediction error signal s.{n).

Generally, the short-term prediction A(z) 1is calculated by
an LPC analysis stage which will be further discussed
below. Depending on this information, the long—term'
30 prediction Ap{z}) includes the long-term prediction gain b
and delay T ({(also known as pitch gain and pitch delay)..
The CELP algorithm encodes the excitation or prediction
domain frames using a codebook of for example Gaussian
sequences. The ACELP algorithm, where the “A” stands ZIor
35 “algebréic” has a specific algebraically designed codebook.

The codebook may contain more or less vectors where each
vector has a length according te a number of sampliles. A



prediction, i.e. LPC. Another embodiment of an audio WO 2010/003491PCT/EP2009/004015 29
decoder BO is depicted in Fig. 8b. The audio decoder 80 depicted in Fig. 8b shows similar
components gg Higawsksy decoder 80 depicted in Fig. 8a, however, the inyersepo0/004015
timealkaAing_4ntroducing,transformer 84 in the esbodiment shown 5 in Fig. 8b further comprises a
converter 84a for converting prediction domain frame spectra to converted overlapping prediction
domain frames and a windowing filter 84b for applying a windowing function to the convertgd

=

overlapping pregiction dar&prirardies 56 obfiin theBveRZ5Tihg 1 breditich HomaRtrani8S. Fig. Sc
shows another egbpglimesh okampldio deeodet Bleraving sintile coaTpbriesEsas v teédfbodiment
tansformer 84 LT co i es A assanes T oy b Etg. A evell And ot oubieLa indo

T ther comprises a processar 84¢ for detecling an eventand for prowdin indow
sequence mforﬁ?ﬁ_ﬁ&ﬁﬁ'thé e'?fé%f 'Pﬁgt_e%fé{%? o aegwﬁ%b\/éﬁgﬁtg?é%% %{:éi,, tf’%%v{%\éd%ve% Q?%Yter 84b is
adapted forsappiying the pidowing fUntTéR EeBrdifgfo SEHEWINBDR Stuehbe S matidn. The
event may be a@ﬁ&@[@_ﬁﬁoméaﬁweﬂ}f&n&@apym&ided)bysthﬁtéTmﬁsd franreseor anusids asfefmation.
embedimens of gugiencpdes, 0 anduo docedyradiorusive it esatband sabe
_ _ _ ' ndow applying windowing functions segyenc neral rectapgular
m_formatlon. Fig2d déﬁf@t@%ﬁdo%ﬁnf thaton ?llllg W icﬁ)[]ﬁle% I\?velr%;c%w s%%ggnc?}:gmhptgggégvhich the
window masks azﬁm@@ggmt,:ﬁﬁall not be limited to the structure shown in ,

10 Fig. 6.

Tn CELP, the long-term predictor is often implemented as an
adaptive codebook containing the previbus excitation
signal. The long-term predicticn delay and gain are

15 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

20 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 is obtained by filtering

25 the decoded weighted signal through a filter consisting of
the inverse of synthesis and weighting filters.

A reconstructed TCX target x(n) may be filtered through a

zero-state inverse weighted synthesis filter

Az 1~z /.
(A(z/2))

to find the excitation signal which can be applied to the

30

synthesis filter. Note that the interpolated 1P filter per
subframe or frame is used in the filtering. Once the

excitation is determined, the signal can be reconstructed

35 by filtering the excitation through synthesis filter 1hﬂz)



30 samples,_ a secor_ld_bypass part, in which the samples of a frame, i.e. a prediction domain frame or
an overlapping prediction domain frame, may be passed through unmodified, and a third zero part,

which again,iasissqynrles at the end of a frame. In other words, windowiRgehieiions

: . - , WG ay be 35
applied, which suppress a number of samples of gzframe in a first zero part, pass Eé]}rouglﬁqsamples ina
second bypass part, and then suppress samples at the end of a frame in a third zero part. In this

context suppressing mayalse [efan WO 2014¢/083492BE TERAAY0GANI53A tgy apperdi

- 0 g a
sequence of ze¥0s at the beginning and/9r er% of the bypass part of the window. The secon% bypass
part may be suehahat thewindowidgSenttioN sl & baluexef 3itd e FILEArBDassed

through unmodified, i.e. the W'ngowig fur}\céigﬂpswgtgg s {trou i
: Vipg . gh dhe,samplesof the agec Fig 1
shows another BRftsbdifertFst A Win o(\?vmg sequencegor windowing function, wherejn the yvinc?ovfing

sequence furthes1BcBmprises ECHsing edGE BRI Het@e s BREFIEDEr0 T End B8 SeddriPbypass

part and a falling, edge part betyieen the sependrbypassartand thexthirdger part. The tisiag edge
part can alSo be considered as a fade-in part and the falling edge pagts%an g;;onsidered as agljfad%-out
part. In 15 embB@¥ndmanthe S8ERY By Wisy 83%%%@) 3 O .

o _ a séquence
1024 samples for the modfl] of 1,2 or 3 respectively.

The functiocnality of an embodimentlof the predictive coding
10 analysis stage 12 will be discussed subsequently according
toc the embodiment shown in Figs. 7, using LPC analysis and
L,PC synthesis in the decider 15, in the according

embodiments.

15 Fig. 7 illustrates a more detailed implementation of an
embodiment of an LPC analysis block 12. The audio signal is
input into a filter determination block, which determines
the filter information A{z), 1i.e. the information on
coefficients for the synthesis filter. This information is

20 quantized and —output as the short-term prediction
information required for the decoder. In a subtractor 786,
a current sample of the signal is input and a predicted
value for the current sample is subtracted so that for this
sample, the prediction error sigqal is generated at line

25 784. Note that the prediction error signal may also be
called excitation signal or excitation frame {usually after

being encoded) .

an embodiment of an audio decoder 80 for decoding encoded
30 frames to obtain frames of a sampled audio signal, wherein
a frame comprises a number of time domain samples, is shown
in Fig. 8a. The audio decoder 80 comprises a redundancy
retrieving decoder g2 for decoding the encoded frames to
obtain information on coefficients for a synthesis filter
35 and prediction domain frame spectra, O prediction spectral
domain frames. The audio decoder 80 further comprises an



of ones for not modifying the samples of the LPC domain frame at all. In other words, the
MDCT-based TCX may request from the 20 arithmetic decoder a number of quantized spectral

coefficients, igowhighdsisietermined by the mod[] and last_|

. ; _Ipd_mode valugg de. These
two vqlues may also define the window length anekshape which will be appliggiiﬁ?mb\?grse MDCT
The window may be composed of 25 three parts, a left side overlap of L samples, a middle part of |

ones of M samples and a right overiap art of R.samples.T | [
: 1LV ' Qpbtain aRMDGE windgw of fergth 2*1g,
ZL zeros can be"8dietfon e & ant Ehn eroslon the ri(éhtgi) e. 30 T?le fol \gmg t%lgle gggﬁ iIIustrgte

the numb f Rolols! t omain
e o e oot o s mons 1S SRS IEA Ty ESERED L
' e 01
whexeinjthe inverse time-aliasing introducing transformer
5 84 is adapted for determining overlapping prediction domaiti
frames from consecutive prediction domain frame spectra.
Moreover, the audio decode15 80 comprises an overlap/add
- combiner 86 for combining overlapping prediction ‘domain
frames to obtain a prediction domain frame in a critically
10 sampled way. The prediction domain frame may consist of the
LPC-based weighted signal. The overlap/add combiner 86 may
also include a converter for converting prediction domain
frames into excitation frames. The audio decoder 80 further
comprises a predictive synthesis stage 88 for determining
15 the synthesis frame pased on the coefficients and the

ewcitation frame.

The overlap and add combiner 86 can be adapted for
-combining overlapping prediction domain frames such that an

20 average number of samples in an prediction domain frame
equals an average number of samples of the prediction
domain frame spectrum. In embodiments the inverse time-
aliasing introducing transformer 84 can be adapted for
transforming the prediction domain frame spectra to the

25 time domain according to an IMDCT, according to the above'
details.

Generally in block 86, after soverlap/add combiner® there
may in embodiments optionally be an ,excitation recovery",
30 which is indicated in Dbrackets in Figs. ga-c. In
embodiments the overlap/add may be carried out in the LPC
weighted domain, then the weighted signal may be converted
to the excitation signal by filtering through the inverse
of the weighted synthesis filter.
35 : '
Moreover, in embodiments, the predictive synthesis stage 88
can be adapted for determining the frame based on linear
prediction, i.e. LPC. Another embodiment c¢f an audio



320, 160 0 256 128 96 WO 2010/003491PCT/EP2009100401531 0 2576 288 0512 128 224

WO 2010/003491 % PCTEP2009/004015

decoder B0 is depicted in Fig. 8b. The audio decoder 80
depicted in Fig. 8b shows similar components as the audio
decoder 80 depicted in Fig. 8a, however, the inverse time-
aliasing introducing. transformer 84 in the embodiment shown
§ in Fig. 8b further comprmSes a converter 84a for converting
prediction domain frame spectra to converted overlapping
prediction domaln frames and a windowing filter 84b for.
applying a w1ndow1ng function to the converted overlapplng
prediction domain frames "to cobtain the . overiapplng

10 prediction domain frames.

Fig. 8c shows another embodiment of an audio decoder 80
having similar components as in the embodiment depicted in
Fig. 8b. In the embodiment depicted in Fig. 8c the inverse

15 time-aliasing introducing transformer 84 further comprises
a processcr 84c for detecting an event and for providing a
window sequence information if the event is detected to the
windowing filter 84b and the windowing filter 84b 1is

. adapted for applying the windowing function according to

20 the window seguence Iinformation. The event may be an
indication derived from or provided by the encoded frames

or any side information.

In embodiments of audio encoders 10 and audio decoders 80,
25 the respective windowing filters 17 and 84 can be adapted
for applying windowing functions according to window
sequence information. Fig. 9 depicts a general rectanguiar
window, in which the window seguence information may
comprise a first zero part, in which the window masks
30 samples, a second bypass part, in which the samples of a
frame, i.e. a prediction domain frame or an overlapping
prediction 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
35 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
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to appending a seguence 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
value 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 W1ndow;ng sequence or

windowing function, wherein the w1ndow1ng 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 éart. The rising
aedge part'can also be considered as a fade-in part and the
falling edge part can be considered as a fade-out part. In
embodiments, the second bypass part may comprise a sequence
of ones for not modifying the samples of the LPC domain

frame at all.

In other words, the MDCT-based TCX may reguest from the
arithmetic decoder a  number of quantized spectral
coefficients, 1lg, which 1is determined by the mod[] and
last_lpd_mode values of the last mede. These two values may
alse define the window length and shape which will be
applied in the inverse MDCT. The window may be composed of
three parts, a left side overlap of L samples, a middle
part of ones of M sampies and a right overlap part . of R
samples. To obtain an MDCT window of length 2*lg, ZL zeros
can be added on the left and ZR zeros on the right side.

The following table shall illustrate the number of spectral
coefficients as a function of last_lpd_mode and mod{] for

some embodiments:

Value |Number lg of
of Spectral ZL L M R ZR

mod [x] coefficients

Value of
last_lpd_mode

0 1 320 . | 160] C 256 [ 128 96
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rmbodiments may provide the advantage, that a systematic
coding delay of the MDCT, IDMCT respectively, may be
lowered when compared to the original MDCT, through
application of different window functions. In order to
10 provide more details cn this advantage, Fig. 11 shows four
view graph, in which the first one at the top shows a
systematic delay in time units T based on traditional
triangular shaped windowing functions used with MDCT, which
are shown in the second view graph from the top in Fig. 11.
15
The systematic delay considered heie, is the delay & sample
has experienced, when it reaches the decocder stage,
assuming that there is no delay for encoding or
transmitting the samples. In other words, the systematic
20 delay shown in Fig. 11 considers the encoding delay evoked
by accumulating the samples of a frame before encoding can
he started. As explained above, in order to decode the
samplie at T, the samples between 0 and 2T have to be
transformed. This yields a systematic delay for the sample
25 at T of another T. However, before the sample shortly after
this_gample can be decoded, all the samples of the second
window, which is centered at 2T have to be available.
Therefore, the systematic delay jumps to 2T and falls back



5 Embodiments may provide the advantage, that a systematic coding delay of the MDCT, IDMCT
respectively, may be lowered when compared to the original MDCT, through application of dif_ferent
window funciigns, \@sglgr to 10 provide more details on this advantage, figr43-ahagoiqur view
graph, in which the first one at the top shows a sygtematic delay in time units T based on traditional
triangular shaped windowing functions used with MDCT, which are shown in the second view graph
from the top in Fig. 11. 15 The systematic delay considered here, is the delay a sample ha§
experienced, whef itheddhethtfe G&8GEET s%i;e?E@s@ﬁiﬁ@ﬁﬁaﬁhéf@%-non@anDrléﬁ](;@dlﬁg or
transmitting the garplest ionthehwordsp thinsysiematic 2@ Kelay shosedidrigel beonsidriséhe
xplained above oy o deere oo i e ctoioc d and T i be
explained aboveéi!}(&}gﬂgdrgéotdﬁ Ct g ts%eic’gén%%a%he f-'a?::%? agipn%%wgmii}}m"t-he SEC@davl ew .
5 chart from the top in Fig. 11 that the overlapping areas of

the non-zero part of the windows have been reduced by 2At.

In other words,  the window functions” used -in the
embodiments are as .broad or wide as the pridr.art windows,
‘however have a first zero part and a third zero part, which

10 becomes predictable.

In other words, the decoder already knows that there is a
third zero part and therefore decoding can be started
earlier, encoding respectively. Therefore, the systematic
15 delay can be reduced by 2At as is shown at the bottom of
Fig. 11. In other words, the decoder does not have to wait
for the zero parts, which can save 2At. It is evident that
of course after the decoding procedure, all samples have to
have the same systematic delay. The view graphs in Fig. 11
20 just‘ démonstrate the systematic delay that a sample
experiences until it reaches the decoder. In other words,
an overall systematic delay after decoding would be 27 for
the prior art approach, and 2T - 2At for the windows in the
embodiment.
25 _
In the following an embodiment will be considered, where
the MDCT is used in the AMR-WB+ codec, replacing the FFT.
Therefore, the windows will be détailed, according to
Fig. 12, which defines “L” as left overlap area or rising
30 edge part, “M” the regions of ones or the second bypass
part and “R” the right overlap area or the falling edge
part. Moreover, the first zero and the third zero parts are
considered. Therewith, a region of in-frame perfect
reconstruction, which is 1labeled “PR” 1is indicated in
35 Fig. 12 by the arrow. Moreover, “T” indicates the arrow of
the length of the transform core, which corresponds to the
number of frequency domain samples, i.e. half of the number
of time domain samples, which are comprised of the first



transformed. This yields a'systematic delay for the sample 25 at T of another T. However, before the
sample shortly after this sample can be decoded, all the samples of the second window, which is

centered at 2% hamMedesbg available. Therefore, the systematic delay jumpsctpephoatdsfalls back WO
2010/003491PCT/EP2009/004015 32 to T at the genter of the second window. The third view graph

from the top in Fig. 11 shows a sequence of window functions as provided by an embodiment. It can

be seen when compared to the state. of. the arf wiadawa in the SegipOyiewsaEhaviiEem thedep in Fig.
11 that the oveA&pSing3eas o ?hé”ﬁgjﬁrbz% yed

F ro part of the windows have been re ZAt. In other
words, the wind¥/ funchiens addd Wthe M hibdfiments are a%"éyr/oé%%r vispdlerg[s f %%Eo?io%rt indows,
however have afiest@gie partand athiltezero afir aaich oy beeses prédiftabR. FESHEF Yords, the
decoder already knows dbgtthere isadtird werekart ned-ibetséoreaiecodmyreartbe Sepdd earlier,

encoding respectively, Therefore, the sy, temagg Jodelay canhe redycechyr dMhas isshown at the
bottom of Fﬁg. 15%%n ot W%? S, the de%%%er doesrnot have to wait for the zero parts, which can save

2At. Itis evidenbmm%u@&séﬁ@r W@aﬂ’é&ﬁﬁﬁﬁ procedure, all samples have to have the same
systematic delay. The view graphs in Fig. 11 20 just demonstrate the systematic delay that a sample -
experiences until it reaches the decoder. In otecwpords yan-owerall systematic delay after decoding
~ would be 2T for the prior art approach, and 2T - 2At for the windows in the embodiment. 25 In the
following an embodiment will be considered, where the MDCT, is uste}g ig tge A%YJJI%-1413+ coded,
replacing e FEE. Tiearetared tewhitfows ARFHE TBtSRAE BctSRENG to Elg.q " which defines "L" as
left overlap area or rising 30 edge part, "M" the regions of ones or the second bypass

. T:L/2+M+R/2.

Fig. 13a illustrates at the top a view graph of an example
‘15 sequence of window functions for AMR-WB+. From the left to
the right the view graph at the top of Fig. 13a shows an
ACELP frame, TCX20, TCXZ20, TCX40, TCX80, TCX20, TCX20,
ACELE and ACELP. The dotted line shows the zero-input
response as already described above.
20
At the bottom of Fig. 13a there is a table of parameters
for the.different window parts, where in this embodiment
the left overlapping part or the rising edge part L=128
when any TCXx frame £follows another TCXx frame. When an
55  ACELP frame follows a TCXx frame, similar windows are used.
1¢ a TCX20 6r TCX40 frame follows a ACELP frame, then the
left overlapping part can be neglected, i.e. L=0. When
transiting from ACELP to TCXBO, an overlapping part of
L=128 can be used. From the view graph in the table in
30 Fig. 13a it can be seen that the pasic principle is to stay
in non-critical sampling for as long as there is enough
overhead for an in-frame perfect reconstruction, and switch
to critical sampling as sSoon as possible. In other words,
only the first TCX frame after an ACELP frame remains non-
35 critically sampled with the present embodiment.

In the table shown at the bottom of Fig. 13a, the
differences with respect to the rable for the conventional



part and "R" the right overlap area or the falling edge part. Moreover, the first zero and the third zero
parts are considered. Therewith, a region of in-frame perfect reconstruction, which is labeled "PR" is

indicated in pdig; gl Ay the arrow. Moreover, "T" indicates the arrow of thedepsiibaiihe transform
core, which corresponds to the number of frequengy domain samples, i.e. half of the number of time
domain samples, which are comprised of the first WO 2010/003491PCT/EP2009/004015 33 zero part,

the rising edge part."L ", the second bypass, part "M"_the falling edge part.'R" angthe third zero part.
Therewith, the r?ILJﬁFanb(lavgBo}rf freaqsuer?(l:?/ps};%&%s can begﬁéfuceg%vhg%%sin%ltﬁll\}lg ,C\ilxihe?léﬁ%e

number of frequBA&f 3ampiesifor tRé FRTeSRHR discrBRE EGdife trahBform (BRYEDiEG8te CBEine
Transform) 10 aswterdpaeed to thefiransferm gadesdength forviei G, = L2+ Meh RIB. Figh&3a

illustrates at the fQp, ?1@9%9{39*&9&9“ exanaplebpiseauencs of window fuagtionafor AMR-YWB+.
From the Ieg to the rl%ht t ACELP frame, TCX20, TCX20,

e view graph at the top of E 13a shows an
TCX40, TOX80, TG, TEXoF ACLLP AHACEOBC TS dilfbc o SRSHRTRS Yok HRR rEsponse
as already descritfed &B8ve Vi@ ARthe BSttork P ¥Ry S(Ba thehd a td518 0t pararfidterd F6rithe different
window parts, wheneihittis embodiment the left overlapping part or the rising edge part L=128' when .
any TCXx frame follows another TCXx frame. When an 25 ACELP frame follows a TCXx frame, similar -
windows are'us%_d If a TCX20 or TCX%O {rgmebfg I?:ws a @C _P fraﬂ% tg%]n the Ie% gv%%aiprlping part

can be neglecte e Ltzlb? r?erjf(terarafsning fromACELPT T 0, an over aﬁzﬁ?lrrllg part'of L=128 can

be used. F8m th&afewdthph #rthe fbidh 30Figf 48a t EARDE 8T thaNthePBRSBIRMCIBIR is to
stay in non-criticah samplingdpr s éongeasi thefmis etiolghtovensdad for anxiHranie perfecn-
reconstruction, and; switgh ta;gritiaal sampling.as seeads pessibler In ether werdsregly the first TCX
{~ﬁanmeaﬂeranA§§g£%£%%g¢rgggﬂn;ggﬁg duration) transitions' the . transform
length T is egqual to the number of new perfectly
15 reconstructed samples, i.e. critical sampling is achieved.
Fig. 13b illustrates a table with graphical representations
of all windows for all possible transitions with the MDCT-
based embodiment of AMR-WB+. As already indicated in the
table in Fig. 13a, the left part L of the windows does no
20 longer depend on the length of a previous TCX frame. The
graphical representations in Fig. 14b also show that
critical sampling can be maintained when switching between
different TCX frames. For TCX to ACELP transitions, it can
be seern that an overhead of 128 samples is produced. Since
25 the left side of the windows deces not depend on the length
of the previous TCX frame, the fable shown in Fig. 13b can
be simplified, as shown in Fig. 14a. Fig. l4a shows again a
graphical xepfesentation of the windows for all possible
ﬁransitions, where the transitions from TCX frames can be

30 summarized in one row.

Fig. 14b illustrates the transition from ACELP to a TCX80
window in more detail. The view chart in Fig. 14b shows the
number of samples on the abscissa and the window function
35 on the ordinate. Considering the input of an MDCT, the left
zero part reaches from sample 1 t5 sample 512, The rising
edge part is between sample 513 and 640, the second bypass
part betwsen 641 and 1664, the falling edge part between



35 critically sampled with the present embodiment. In the table shown at the bottom of Fig. 13a, the
differences with respect to the table for the conventional WO 2010/003491PCT/E1'2009/004015 34

AMR-WB+ agygenigigstis:Fig. 19 are highlighted. The highlighted parameigrgindigaisihg advantage
of embodiments of the present invention, in whictsshe overlapping area is extended such that

cross-over fading 5 can be carried out more smoothly and the frequency response of the window is
improved, whilejkaepingeriticady saaping hirom thertablesattthe dotteen ofiFig3 13ad cahlde seen, 10

that only for ACELE {0 T iansitions g oxgiinad is tipduesel, (6 OBCIOkts ansitiahI>PR. L.
noncritical sampling Is achfeved. For all TCXX to TCXx ("X" indicates ny frame duratl%n()rtr%%r&sltlons

the transform IeRERPTAS eBTRPRHAR T URADEF of A8 paTiia) 1%%3%onlstrﬁgt%dtsrfrﬁaes, I.6. critical
sampling is achieved.15ig. F3teifustratesdrmblawitrgrdphical fesieseatdiot? oftdPwiRliBNR for all
possible transitigas miththeMDGlikasedmenhastiment of MRSz Asealteadytindipateskn the table

in Fig. 13a, the left part L ol the windays dags na 20 longer.depepd on the leng(pyefaarevigus TCX
frame. The grapvﬁ!ca_ representations in Fig. 14b, also show that cri i%l samrflmgscangpr?og}?eir%tained
when switching Fiaéh Giff8RenPFEX FAMEEROTEETS ARCEIPfranstioiR, fcan be-seeh that an -

overhead of 12& samplésnis producets Bigcez2% thedsk g ofRERREoR3THOER nbt BepéRdon the -

- length of the preyjeis TEXffarmgethedablenshovayia Figri3hpcarbe stmphified, @s.shown indrig. 14a.

Fig. 14a STgWS g%s‘;nfi%aph'@g represantafion of the windows farall possible figpsitions, where the
i ra e

transitions from mes can 0 summarized ig one row. Fig. 14 'gcllustrates the trg sigon from
CT1 o 5]

ACELP to a TCR8D WirdeR iR arefetdifThe Vi sR&k inFig 13b shows’ the iumber of samples
on the abscissaksstdvthenvisaiond finedibn B8 or Bt orfinatez Edisiderthg the iRpat of 4k MDET, the
~left zero part reaghesHrop saaplentite saawpleil 2t Fhe dHsingetige paet isbetvezn saamié$13 and

640, the second hypass;pait between 644,and.1664 the falling edgeart bepeiimples of

i5 the rising edge péxt between 513 and 640 of the TCX80C
window. One cption is to first discard the samples and stay
Qith +he ACELP frame. Another option is to use the ACELP
output in oxder to carry out time domain aliasing
cancelation for the TCX80 frame.

20
Fig. 14c illustrates the transition from any TCX frame,
denoted by “TCXx”, to a TCX20 frame and back to any TCXx
frame. Figs. 14b to 14f use the same view graph
representation as it was already described with respect to

25 Fig. 14b. In the center around sample 256 in Fig. 1l4c the
TCX20 window is depicted. 512 time domain samples are
transformed by the MDCT to 256 fregquency domain samples.
The time domain samples use 64 samples for the first zero
part as well as for the third -zero part. Therewith, a non-

30 aliasing zone of size M=128 extends around the center of
the TCX20 window. The left overlapping or rising edge part
between samples 65 and 192, can be combined for time domain
aliasing cancelation with the falling edge part of a
preceding window as indicated by the dotted 1line.

35 Therewith, an area of perfect reconstruction yields of size |
PR=256, Since all rising edge parts of all TCX windows are
L=128 and fit to all falling edge parts R=128, the
preceding TCX frame as well as the following TCX frames may



WO 2010/003491PCT/EP2009/004015 35 1665 and 1792, the third zero part between 1793 and 2304.
With respect to the above discussion of the MDCT, in the present embodiment 2304 time domain

samples are Wansfermedto 1152 frequency domain samples. According tpdhgphagys,aeescription,
the time domain aliasing zone of the present windsw is between samples 513 and 640, i.e. within the
rising edge part extending across L=128 samples. Another time domain aliasing zone extends

between sample 1665 and 1792, i.e. the falling e_part,of RE128 salpples. Que tedRAbe first zero
part and the thiRk® ze?§ pe‘?r‘t“,xfhe?é f€a n%%-earﬁas%%gaqzlgne %/vﬁgere perfect r.econstréjctioné engh led

between sampldigZfieamnd 1 664 6Tdpre MEN24°F FRP &b R AéELPJT?am]érllnéi(:QgFe by tge dotted
line ends at sample.640. Differentaeptiobs assewittf respektite thb4&hmpide of A5 tHe%isffiPEdge part
between 513 an% 640 qf the TGXRQ windgw. Qne aption is tosfirst sliscasd thagainples addsstay with

the ACELP frarhe. Another option is to use the CELF. putput in orderto, carry gyt timmr-toygain
aliasing cafcel RIS TCXSF frafte 20 Eé 1%c}i-lﬁjstrates the transition from.ar%/ TCX frame,
s

denoted by "TCFd,- told § CX20YFande &idbAEE to'aRy TEXRIAmE’ ﬁgs‘?iiﬁ%%ﬁ é the same
view graph reprgggpiation as it wassreadydescribed withaesgect tRZSTRG S4b. ithe dehiter around -
- sample 256 m;g 146 the TCX20-windoy is. depictecoh 12:time clomainsamples are ¥@hstormed by
the MDCT to 2 lllre uency doma‘iﬁrn samples. The time domain samples use 64 samples for the first
zero part as weft?a¥ f Fiie thiRfato part. Therewith, a non- 30 aliasing zone of size M=128 extends
around th@&enter of the TCX20 window. The left overlapping or rising edge part between samples 65
and 192, can bergorshineshior tinteedanain.aliaéingteanteldtion withhthe fafifig @B§EIFRPNS
preceding window as jpdiegted therdottedingsws Therewitayan arh of pesiees recansepttion
z~weMSofsme for the case when transiting from ACELP to TCX20, TCX40, or
ACELP.
15
When transiting from TCX to ACELP or from ACELP to TCX80
multiple options are possible. In one embodiment the window
sampled from the MDCT TCX frame may be discarded in the
overlapping region. In another embodiment the windowed
20 samples may be used for a cross~fade and for canceling a
time domain aliasing in the MDCT TCX samples based on the
aliased ACELP samples in the overlapping region. In yet
another embodiment, Cross—-over fading may be carried out
without canceling the time domain aliasing. In the ACELP to
2t mCX transition the zero-input response (ZIR = zero-input
responée} can be removed at the encoder for windowing and
added at the decoder for recovering. In the figures this is
indicated by dotted lines within the TCX windows following
an ACELP window. In the present embodiment when transiting
30 from TCX to TCX, the windowed samples can be used for

cross-fade.

When transiting from ACELP to TCX80, the frame length is
longer and may be overlapped with the ACELP frame, the time
35 domain aliasing cancelation or discard method may be used.

When transiting from ACELP to TCX80 the previous ACELP

frame may introduce a ringing. The ringing may be



PR=256. Since all rising edge parts of all TCX windows are L=128 and fit to all falling edge parts
R=128, the preceding TCX frame as well as the following TCX frames may WO

2010/003493P6 %/l lga¥a0P/004015 36 be of any size. When transiting frorpAaisbdRdigeddeX20 a
different window may be used as it is indicated in3Fig. 14d. As can be seen from Fig. 14d, the rising
edge part was chosen to be L=0, i.e. a rectangular edge. 5 Therewith, the area of perfect

reconstruction PR=256, Fig. 14e shows a sjmilar view gra 2 transitj CEEP9TCX40
and, as .anothereSefnpiee iS4 iIRRTRIES e r*:n%%%ﬁ(%%%ﬁg%i%{g’?ﬁo TC%)?SO to any

TCXx window. fPamesurimeary.cthd FysugaBgo PEhowF that e 8\’?&%pir}'ﬂd"ﬁegﬁ)%quofnﬁ1ehﬁ CT
windows is alwgys 4 2& samplesa except forehie tasewhers transitind: frsm EE 1R 19 FEX 207 TCX40,
or ACELP. 15 When 8'51[1 nsi%igg frg%T%gg_@%P&ﬁgmr&&ﬁ@P tosT C2B0unHltiple®ptiaks are

possible. In oné 80 iment the window sampled from the MDCT frame may e dissarded in the
overlapping regi@ﬁ.mﬂdand{hﬁpen‘?oodiﬁf’eﬁ{[f}é Win Sv‘(‘/%g%o gagmp-fge%éy be uffEd for a ckoss-fade

and for cancelingatirae derbam atiasing 4k ife MpEmeTCX Barfipretise §BRY dgRk FARELP |
samples in the gyeranping [agion. Ineeyemoter euibdiment perodsspverdading #ay b cafried out
without canceling the time domain aliasingInhe AGELM Lo 25 RCXkansiion the zesatinpatresponse
(ZIP = zero-lnpﬁ response cpan‘ e removed at th %ncodﬁr for windowingand addsed atitheglecoder
for recovering. l‘?ﬁh‘é‘"ﬁgu?‘é’s thist inditated 6)? dg}led liRes, Vv?thinat e TCX windows, follo hneq an
ACELP wirglowt trtfse piesent efftodrpeniiheRtFardhfiigl8PREM PE0 ,utﬁlen\ﬁin\gowed |
'samples can beysedyorcsess-fase. ZWheputransitngiiernACGELR s TREX 3D, thd Fraffe-lefdth is
longer and maylk}%g"%@elﬁ%ﬁﬁ\};}\’%‘éﬂg AGELPrame, Hestime.imdemain aliasing cancelation or
discard method may be used. 2010/003491PCT/EP2009/004015
Summarizing, embodiments of the present invention provide
15 the advantage that critical sampling can be carried out for
all TCX frames, when a TCX frame precedes. As compared to
the conventional approach an overhead reduction of 1/8%"
can be achieved. Moreover, ambodiments provide the
advantage that the transitional or overlapping area between
20 consecutive frames may always be 128 samples, i.e. longer
than for the conventicnal AMR-WB+. The improved overlap
areas also provide an improved freguency response and a
smoother cross-fade. Therewith a better signal gquality can
be achieved with the overall encoding and deceoding process.
25
Depending on certain implementation requirements of the
inventive methods, the inventive methods can be implemented
in hardware or in software. The implementation can be
performed using a digital storage medium, in particular, a
30 disc, a DvVD, a flash memory or a CD having electronically
readable control signals stored thereon, which cooperate
with a programmable computer system such that the inventive
methods are performed. Generally, the present invention is
therefore a computer program product with a program code
35 stored on a machine-readable carrier, the program code
being operated for performing the inventive methods when
the computer program product runs on a computer. In other
words, the inventive methods are, therefore, a computer



37 recognized as a spreading of error coming from the previous frame due to the usage of LPC
filtering. The ZIR method used for TCX40 and TCX20 may account for the ringing. A variant for the
TCX80 in empodinuantads to use the ZIR 5 method with a transform lengthcaf #9838y s@o0without overlap
with the ACELP frame. In another embodiment th#8 same' transform length of 1152 may be kept and
zeroing of the overlap area just before the ZIR may be utilized, as shown in Fig. 15. Fig. 15 shows an
ACELP to TCX80 10 tranSition, with zergj p a g the ZIRgvethesk The ZIR
part is again inéiég%%aﬁ‘y %v&&gedalin%%g%v%}fﬁgcéﬁé%nggg tr{??i\gceglﬁﬂvg%dow. Sum@griémg,
embodiments of fhe preskhY HvehtiBn BROAAE L 5 e hdvARtagEYRAE Efitidal Sampling can be carried
out for all TCX famasputen.a TCX frame precedes. As compared to the conventional approach an
overhead reduction of 1/8th can be achieved. Moreover, embodiments provide the advantage that the
- transitional or overlapping area between 20 consecutive frames may always be 128 samples, i.e.
longer than for the conventional AMR-WB+. The-improved overlap areas also provide an improved -
- frequency. response and a smoother cross-fade. Therewith a better signal quality can be achieved with -
“the overall encoding and decoding process. 25 Depending on certain implementation requirements of
the inventive methods, the inventive methods can be implemented in hardware or in software. The
implementation can be performed using a digital storage medium, in particular, a 30 disc, a DVD, a
flash memory or a CD having electronically readable control signals stored thereon, which cooperate



with a programmable computer system such that the inventive methods are performed. Generally, the
present invention is therefore a computer program product with a program code 35 stored on a
machine-readable carrier, the program code being-88erated for performing the inventive methods
when the computer program product runs on a computer. In other words, the inventive methods are,
therefore, a computer WO 2010/003491PCT/EP2D89#304015 38 program having a program code for
performing at least one of the inventive methods when the computer program runs on a computer.

-39- Claims 1. ép au%ig.en%%d%r agggé%degfor gg%ogigg frgmgs g;lao%rplele%gggie:ossi%@al to obtlai.n
encoded frames; whéréin ba frame comprises a riumber Qc'fjflme domain‘audio sam les, comprising: a
predictive coding anafi7Si® SEsy SR etéiBffdy iforfiatibh GTE0Efiticts Bt & syfthgsisTilter and 10a

prediction domain frase based orrarframmewf audionunber of time domain audio
gamples, comprising:

a predictive coding analysis stage for determining

information on coefficients of a synthesis filter and

10 a prediction domain frame based on a frame of audio
samples;
a time-aliasing introducing transformer for

transforming overlapping prediction domain frames to
15 the frequency domain tc cbtain prediction domain frame
spectra, wherein the time-aliasing introducing
transformer ig adapted for transforming the
overiapping prediction domain frames in a critically-

sampled way;

20
a redundancy reducing encoder for enceding the
prediction domain frame spectra to obtain the encoded
frameg based on the coefficients and the encoded
prediction domain frame spectra;

25
a codebook encoder for encoding the prediction domain
frames based on a predetermined codebook to obtain a
codebook encoded prediction domain frame; and

30 a decider for deciding whether to use a codebkook
encoded prediction domain frame or an encoded
prediction domain frame to obtain a finally encoded
frame based on a ccoding efficiency measure.

35 2. The audio encoder of claim 1, wherein a prediction

domain frame is based on an excitation frame
comprising samples of an excitation signal for the

gynthesis filter.



samples; atime-aliasingintroducingtransfocuterfor transforming overlapping prediction domain
frames to 15the frequency domain to obtain prediction domain frame spectra,wherein the
time-aliasingintroducing transformer is adapted for t?’gﬁsforming the overlapping prediction domain
frames in a critically-sampled way; 20 a redundancy reducing encoder for encoding the prediction
domain frame spectrarteobtain therencddeddifamas bageden e toefficients anditherericoded
prediction domain frame.speghia; 2b:a sodgbock-encederfor encoding,the predictigndemain frames
based on a predetermined codebookfe,obtaln.a.eadebagk sncaded predigtion domaln frame; and 30a
decider for deciding whether to use a codebook en(%)dle(?pr%dlc ion-domain frame or an éncoded
prediction domain frafi&th 6B FFifalfFa@f o BT Rame basédohss cBdiny &fireieyifRasure. 352.
The audio encoder ofdstamil, Wherein &peediction dawals frarhe issbasedion anexeitation frame
comprising samples ofza-exeitation sighah fordhersymthasis fitesna39a 3. The audio encoder of one of
the claims 1 or 2, wherein the time-aliasing introducing transformer is adapted for transforming
overlapping prediction domain frames such that an average number of samples of a prediction 5

domain framespectrumequals

10

15

20

25

30

35



theaverage number of samples in a prediction domain frame. 10 15 20

10

15

20

25

30

35

40

The audio encoder of one of the claimg 1 to 3, wherein
the time-aliasing introducing transformer is adapted
for transforming coverlapping prediction domain £rames
according to a wmodified discrete cosgine transform
(MDCT) .

The audic encoeder of one of the c¢laims 1 to 4, wherein
the time-aliasing introducing transformer comprises a
windowing filter for applying a windowing function to
overlapping prediction domain frames and a converter
for converting windowed overlapping prediction domain

frames to the prediction domain frame spectra.

The audico encoder of c¢laim 5, wherein the time-
aliaging introducing transformer comprises a procesgsor
for detecting an event and for providing a window
sequence information if the event is detected and
wherein the windowing filter is adapted for applying
the windowing function according to the window

sequence information.

The audlc encoder of claim 6, wherein the window
sequence information comprises a first zero part, a

second bypass part and a third zerc part.

The audic encoder of claim 7, wherein the window
sequence information 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 audic encoder of c¢laim 8, wherein the gecond
bypass part comprises a seguence of ones for not
modifying the samples ©f the prediction domain frame
spectra.



25 30 35 40 4The audio encoder of one of the claims 1 to 3, wherein the time-aliasing

introducing transformer is adapted for transforming401verlapping prediction domain frames according to
a modified discrete cosine transform 5(MDCT).

10. The audioc encoder of one of claims 1 to 9, wherein the
predictive coding analysis stage 1is adapted for
determining the information on the coefficients based

on linear predictive coding (LPC).

11. The audio encoder of claim 1, further comprising a
switch coupled to the decider for switching the
prediction domain frames between the time-aliasing
introeducing transformer and the codebook encoder based

10 on the cceding efficiency measure.

12. A method for encoding frames of a sampled audio signal
to obtain encoded frames, wherein a frame comprises a
number of time domain audic samples, comprising the
i5 steps of

determining information on coefficients for a

synthesis filter basged on a frame of audio samples;

20 determining a prediction domain £frame based on the

frame of audic samples;

transforming overlapping prediction domain frames to
the frequency domain to obtain prediction domain frame
25

30

35



5The audio encoder of one of the claims 1 to 4, wherein the time-aliasing introducing transformer
comprises a windowing filter for applying a windowing function to 10 overlapping prediction domain
frames and a converter for converting windowed ov&flapping prediction domain frames to the
prediction domain frame spectra. 6. The audio encoder of claim 5, wherein the time- 15aliasing
introducing transformep€omprises aspreeassar=fol deteatipigedn ewent and-tofyprouiglingiamsvindow
sequence informatioryﬂggﬁydgpt is detected and wherein the windowing filter is adapted for applying
the windowing function according to the window 20sequence information. 7. The audio encoder of

claim 6, wherein the window sequence information comprises a first zero part, a second bypass part
and a third zero part. Z5°83FRE atlffo BRRBHEF bPRIHATA IRhErGIthERARASH S&rdticetmformation

comprises @ rising edgespartbetivdert thenfirst zerepartrandlthe seedrid bipass partaritha falling edge

part between the secepdhypass-part 30and thenthird zerarpart & dihesaudio encoder of claim 8,
“wherein the second bypass part comprises a sequence of ones for not modifying the samples of the
prediction domain frame 35spectra. 41 10. The audio encoder of one of claims 1 to 9, wherein the

predictive coding anaiy&i&Statse isbéfdﬁpt%%dﬁ)}?%‘%}feﬁfﬁﬂﬂfgeﬁre rtSTRAGGH Oh'Ra éjo%?ﬁ&i%nts based
on linear predictive cédingstPEyssd 1oThe ditid ehtoderoficlairdahdakhérccorhrsing @ switch
coupled tpdhe deciderdaebuwitehing-ihe=presietinr:dosaindiames beameen dhe time-aliasing
introducing transformer and the codebook encoder based 10on the coding efficiency measure. 12. A
method for encoding gam%siof a Sﬁ&@lled atucgjio sgaqngll tcoogb ain encoded frames Cﬂh%rein a frame

. ?Fl ag W Sr uF 2500 %ﬂf% e O?ré ction
comprises a number of timeé main audio samples, comprising the SLteps |
domain frame or an encoded prediction domain frame to

obtain a finally encoded frame based on a coding

15 efficiency measure.

13. A computer readable medium for encoding frames of a
sampled audio signal to obtain encoded frames
comprising the method of claim 12.

20

14. An audio decoder for decoding encoded frames to obtain
frames of a sampled audio signai, wherein a frame
comprigses a nhumber of time domain audic samples,
comprising:

25
a redundancy retrieving decoder for decoding the
encoded framesg o obtain an informaticon on
coefficients for a synthesis filter and prediction
domain frame spectra;

30
an inverse time-aliasing introducing transformer for
transforming the prediction domain frame spectra to
the time domain to obtain overlapping prediction
domain frames, wherein the inverse time-aliasing

35 introducing transformer is adapted for determining

overlapping prediction domain frames from consecutive



determining infoimation on coefficients for a synthesis filter based on a frame of audio samples;
20determining a prediction domain frame based on the frame of audio samples; transforming
overlapping prediction domain frames to the frequéréy domain to obtain prediction domain frame 25
30 35 -42- spectra in a critically-sampled way introducing time aliasing; and  encoding the
prediction domain frapie:speettaio abtmii btheraneodesktrames based«omthereoefficienissand the

encoded prediction dpmain frame spgctra; ; - 8AEAING, by a cedehgok encoder, ghe prediction

domain frames based on a Eredetermlned codebqok to obtain a,10codebpok encoded prediction
domain frame; and dgalaPnrg \?V%Sethaerctgnl}rs%rg%roé’)ﬁe%%o(ﬁoenﬁfceo%teﬁnﬁre%lf&lolnc Smaif frame or an
encoded prediction dbi#if frathE & Bbtaika fifaMy 8RESEed Fafie HaBedDN BRUHiNG 15efficiency
measure. E3. A compitericadablensedrmd foxr entodmgifngmes bf arsamplecautlioisignal to obtain
encoded frames compiising.thegmethed.eficlaim 2. 20.14. An-aydio-decodesfar-dacpding encoded
frame_s to optam fra ée(gi%§§gnrpleg Oa}nléq,ﬂg sgg% é/%herceoln a ]Er@”k% comprises a. %mbﬁrl of time
domain audio samples, comprising: 25 a redundancy retrlevmg,daecoder or decodin Ifhe @ncoded

frames to obtain an iFfORAAGEABh CHRACIENtE F67E SyntHBEETiier &RE predi&icit ddmiEf frame

spectra; aliasing introducing transformer comprises a processor
10 for detecting an event and for providing a window
sequence informaticn 1f the event is detected to the

windowing filter and wherein the windowing filter is

adapted for applyving the windowing function according

to the window seguence information, and wherein the

15 window sequence information comprises a first zero

part, a second bypass part and a third zero part;

an overlap/add combiner Zfor combing overlapping
prediction domain frames to obtain a prediction domain

20 frame in a critically-sampled way; and
a predictive synthesis stage for determining the
frames of audio samples based on the coefficients and

the prediction domain frame.
25

30

35



30 an inverse time-aliasing introducing transformer for transforming the prediction domain frame
spectra to the time domain to obtain overlapping prediction domain frames, wherein the inverse
time-aliasing 35introducing transformer is adapted for,determining overlapping prediction domain
frames from consecutive 42a prediction domain frame spectra, wherein the inverse time-aliasing
introducing transformer further comprises a converter for converting prediction domain frame spectra
to converted oveslapping ptediction.damain frames and.a windquing filier far, applying gavindowing
function to the converted overlappin predlgtlog dé)ma(? frames tqQ obtain the overlagé)ln%gredlctlon
domain frames, wher&fthe iversé |mee'_i‘1|aasﬁ°nge intro ﬁging frans %%%%on?ﬁrr?sréls ¥roéessor 10 for
detecting an event aritF e gb VRN g @i S0 SeFERN 8 Fiformalorfi tHEVevestss detd&ed to the
windowing%ilter and wifereiantb@amindowing filterdsiadapted fomapplying the wiadowirg fanction
according to the windgy.seguencginformatianand wherein the-k3windgw gegyence inafpemation
comprises a first zerosr’%aerét% rgf:ond bypass part and a third zero part; an overlap/add combiner
for combing overlapping prediction domain frames to obtain a prediction domain 20frame in a
critically-sampled way; and a predictive synthesis stage for determining the frames of audio samples
based on the cééfficidits apddhe préelictircdopdairrframe £25t3@ 3548116, The aodio decoder of
claim 14, wherein thevexeriapiadd eambinerisadapted fameombining eyerlappingdqprediciipn domain
frames such that an averagember; 5 afsaypplesyin.a prediction.domaip,frame equals an average

number of samples in alﬁ)rgdic jon domain fréame Ege%tgum. 16. Trgie audio decoder of one of the claims
14 or 15, 10 whereinthdinversaiite-2haSingIntroducing fraRSfonfar 18 adS5eitor frangforming the

prediction domain fraffe SPE&tF& fo R tifedomeis BREBrdiRg tBarntFverde mbdifidddicrete cosine

¢ transform (IMDCT).

' 15 17. The audio decoder of one of the claims 14 to 16,
wherein the predictive synthesis stage is adapted for
determining a frame of asudio samples based on linear

prediction coding (LPC).

20
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35



15 17. The audio decoder of one of the claims 14 to 16, wherein the predictive synthesis stage is
adapted for determining a frame of audio samples based on linear prediction coding (LPC). 20 25 30
35 -44- 18. The audio decoder of claim 17, whereirtthre window 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 bypassigart arigebthethicd zésopdst: 19.Theladdio decodehet-elaim t8swhereivthe second

bypass part comprise§e@§§gggn§%p&@@§3ég{ngpp;fygﬂgathgl@irﬂgl%ﬁgh%mdig@@@g&main frame.
20. A method for dec%glngfencched frames slto obtaélln frames of fasam ed audlo gnaldwhereln a
frame comprises a number of time ‘domain audio' sam es com fising the. st ecodlng the
encoded frames to obtaint aRdnfeRAaLEHbh c%%?ﬁ@@ﬁts%?a %?ﬁ%l%%(ﬂi@%l%ﬁ domain
frame spedra; 20transferntingrthegsredigtiontdomain frame spectra to the time domain to obtain
overlapping prediction domain frames from consecutive prediction domain frame spectra, wherein the

step of transforming %f@pr!a?&&%508%‘é%@@9 pE?P'CH?QfFPm?é“ fr%m&%’ﬁ‘ftr%f%co@é@&?ﬁ
overlapping prediction domain frames, ap%k/lng a wind 0W|n function, b %Wln 0\% gﬁﬂlter to the
pI

converted overlapplnﬁyﬁgﬁfsctl%ﬁ%acoc?ﬁg fiamnes o obtaih ?rleoévgﬁa? §'préd ‘d6main
frames, 35 -44a- deté86ng aRrAFehtCAnd bty aiipidodrsadiedcaiformation if the event is
detected tamthe windowing filter, 5Swherein the windowing filter is adapted for

20. A method for decoding enccoded frames to cbhtain frames
of a sampled audio signal, wherein a frame comprises a
numbsr of time domain audio samples, compriging the
steps of
15
decoding the encoded frames to obtain an information
on coefficients for a synthesis filter and prediction

domain frame spectra;

20 transforming the prediction domain £frame spectra to
the time domain to obtaln overlapping prediction
" domain frames from comsecutive prediction domain frame

spectra, wherein the step of transforming comprises

25 converting prediction domain frame spectra to
converted overlapping prediction domain frames,

applying a windowing function, by a windowing
filter, to the converted overlapping prediction
30 domain frames to obtain the overlapping prediction

domain frames,

35



applying the window function according to the window sequence information, and wherein the
window sequence information comprises 10a first zero part, a second bypass part and a third zero
part; combining overlapping prediction domainframes to obtain a prediction domain frame in a
critically 15sampled way; and determining the frame based on the coefficients and the prediction
domain frame. 20 25 30 3%=4%24i Accomputeeteadable mediunpfor-dacoding gncadedirames to

obtain frames of a sampleg@ci{gégéjgnﬁggmg%thﬁng@gd(g)i(gilg:imi%O. detected to

the windowing filter,

5 wherein the windowing £filter is adapted for
applying the window function acceording to the
window sequence information, and
wherein the window sequence information comprises

10 a first =zero part, a second bypass part and a
third zero part;

combining overlapping prediction domain frames to

obtain a prediction domain frame in a critically

15 sampled way; and

determining the frame based on the coefficients and

the prediction domain frame.
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21. A computer readable medium for decoding encoded frames
to obtain frames of a sampled audioc signal comprising
the method of claim 20.



