Audi o Encoder and Decoder for Encoding and Decodi ng Franes of a Sanpl ed
Audi o Signal Specification The present invention relates to source coding
and parti¥QI281%4934%% audi o source coding, in which an au8CHESRYHRAPI01S
processed by two different audio codefs having different coding al gorithns.
In the context of low bitrate audi o and speech codi ng technol ogy, several

di fferent coding techniques have traditionally been enployed in order to
achi eve | ownidiraiBnaastbm@nd Regeder ofer sEngeding sand Recpding Brages, e

quality at a given bitrate. GpdgrgahpiedeRtddb ®ignal/ sound signals aim at
optim zing the subjective quality by shaping a spectral (and tenporal)
shape of the quantization error according to a masking threshold curve
which is estimated fromthe input signal by neans of a perceptual nodel

("perceptual audio coding”) . On the other hand, coding of speech at very
| ow bit rates has been shown to wor = Fetently when it is based on a
producti on nodel of human speech, i.e. enploying Linear Predictive Coding

(LPC) to mogel the rs%fl‘%“arlﬁm?&i@%? of . Be.Buman, vogal L ackohoggt hefngv th
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an efficient CodPA§~of the Tesld excitation signal. As a conséquence of
these two dpéfeienlaappr deehesidigensparcaudied Evder 41 | FRéChPER | audist 3

( MPEG = 'VDV%PQ B ctiwr 65, ExXP8EL3 Groumwe 8 tVBEGnR/ Aithiinesde Addinaviaty ng
(AAC) usual Ty %o not performas well for speech signals at very |ow data
rates d¥ dediEherantpergaBedadpgeEehBsders due to the lack of exploitation
of a speech source nodel. Conversely, LPC-based speech coders usually do

not achi evey conyinclng resul bs Wsh 3AR!AL 1908888 Bha Ml e S IWdfing
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 quantization
error according to a masking threshold 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
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 Audio Coding (AAC)
usually do not perform as well for speech signals at very
low data rates as dedicated LPC-based speech coders due to
the lack of exploitation of a speech source model.
35 Conversely, LPC-based speech coders usually do not achieve
convincing results when applied to general music signals
because of their inability to fleXibly shape the spectral

envelope of the coding distortion according to a masking



because of their inability to flexibly shape the spectral envel ope of the
coding distortion according to a maskingthreshold curve. In the follow ng,
concept s ¥PSHAM hed whi ch combi ne the advant ages of BETAPRIHPNLY
codi ng and perceptual audi o coding into a single framework and thus
describe unified audio coding that is efficient for both general audio and
speech signals. TraditionalIyFPperceptuaI audi o coders use a
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subsanpl ed spectridle campbHiedt sudbepermttitig ohhthe irINbEFiof enpediaml both
conponengs, g%ﬁ%é%ﬁg%)%@iios a%d?%ﬁ;e%fc%r rse_Lngté_:l As a subband coder (snmall nunber

I
of subbands, e. or at form<c rr ('l arge nunber of frequency
lines, e.g. 512). A perceptual ("psychoacoustic") nodel 1602 is used to

estimte theraghivabnbing depepdeptuipsidueg 4 hesghekd. gk eaSpP%ftf@chFa k-
("subband" or "frequency donaln"f_cpnponents are quantized and co ed11604
in such a wa¢SeRaf driartq 2Lt 1ot Nol BeCPdenpyddr Friddr ishangtshapre
transnittedtheghabntandtisnneti sgereapin bleecaidierg des ot ngst i tse | 6¢ aghd eved
by vary'&g thek ranularity of quantization of the spectral values over tine
and frequenty® %Hg 5H§NFrzed and entropy-encoded spectral coefficients or
subband values are, in addition with side information, input into a
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suitable for being transmtted or stored. e_out put bltstrean1é% oc
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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 1lines, e.g. 512). A
perceptual (“psychoacoustic”) model 1602 is used to
20 estimate the actual time dependent masking threshold. The
spectral (“subband” or “frequency domain”) components are
quantized and coded 1604 in such a way that the quantiza-
tion noise is hidden under the actual transmitted signal,
and is not perceptible after decoding. This is achieved by
25 varying the granularity of quantization of the spectral

values over time and frequency.

The quantized and entropy-encoded spectral coefficients or
subband values are, 1in 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-encoded and quantized spectral/subband values from



machi ne readabl e data carrier. On the decoder-side, a decoder input

interface 1610 receives the encoded bitstream Block 1610 separates
entropy-e‘ﬁ?&&@@oéﬁﬂl guanti zed spectrag/subband val ues fPS%Pg IOM08 mat i on.
The encoded spectral values are input”into an'entropy-decoder such as a

Huf f man decoder, which is positioned between 1610 and 1620. The out puts of

this entropy decoder are quanti zed spectrgl val ues., These quantjz
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Both LPC and excitation parapeters_are transmtted fraomthe en r. 1. the
decoder. ThP¥PpREAEFpI QIEEngSBgrégg in" -1%21_ Pratidc175. Eﬁ’g&%ﬁaﬁ
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predictive coding,,The speech i N . Nt Iyi)eer A
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a spectral | y whitepgd,audiAashgnabrathi ¢hel Subse bekred s'ignedi.ction error
signal ". Thlg sp_ectraF?y V\ﬁ?t eged ani o] siegngl Ipi%s i nput isﬁgo a
resi dual / excitation coder 1705, which generates excitation paraneters.

Thus, Traditionally, efficient speech coding has been based on
15 Linear 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 is adjusted. The LPC
filter outputs a spectrally whitened audio signal, which is
also termed “prediction error signal”. This spectrally
whitened audio signal is input into a residual/excitation
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.

Oon 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



t he speech input is encoded into excitation paraneters on the one hand, and
LPC coefficients on the other hand. On the decoder-side illustrated in Fig
17b, t he YR paraneters are |nQut into an ex0|taPF3ﬁT3%?@&@F51707
whi ch generates an excitation signal, which can be input into an LPC
synthesis filter. The LPC synthesis filter is adjusted using the
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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 synthesis filter is a
model of the signal’s spectral envelope. Specifically, the
well-known auto-regressive (AR) linear predictive analysis
20 1is known to model the signal’s spectral envelope by means

of an all—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 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 SPEECH/AUDIO CODING USING
HYBRID ACELP/TCX TECHNIQUES,” Proc. IEEE ICASSP 2005, pp.
301 - 304, 2005 two alternate coding kernels operate on an



In order to conmbine the strengths of traditional LPC/ CELPbased codi ng (best
quality for ech signals) and the traditional filterbank-based perceptua
audi o codWﬁgoﬁww?ﬁ%ch (best for nusic) , a conbined cod?ﬁamEEWR@%ﬁlﬁhese
architectures has been proposed. In the AVR-VWB+ (AMR-WB = Adaptive

Mul ti-Rate WdeBand) coder B . Bessette, R . Lefebvre, R . Sal am,
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can be split into subfranmes of 40ns or 20ns in a deC|S|on bet ween t he
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In the TCX Hﬂd%hﬁcﬁaét d%%‘i"s'l%h beaRekar MheFklo= o%ﬁtn G’[{Hdee‘sr itd Lrm is

used and the spectral values of the LPC WE|ghte si gnal (fron1mh|c the
excitation signal is derived at the decoder) are coded based on vector

quantizati ofhe AMR-WB+ (AMR-WB+ = extended Adaptive Multi-Rate
15 WideBand codec), cf. 3GPP (3GPP = Third Generation
Partnership Project) technical specification number 26.290,
version 6.3.0, June 2005, <can switch between the two
essentially different modes ACELP and TCX. In the ACELP
mode a time domain signal is coded by algebraic code
20 excitation. In the TCX mode a fast Fourier transform (FFT =
fast Fourier transform) 1is used and the spectral values of
the LPC weighted signal (from which the excitation signal
is derived at the decoder) are coded based on vector
quantization.
25
The decision, which modes to use, can be taken 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 1is well-known that for audio and speech coding
applications a block transform without windowing is not

feasible. Therefore, for the TCX mode the signal 1is



The deci sion, which npdes to use, can be taken by trying and decoding both
options and conparing the resulting signal-to-noise ratios (SNR =

Si gnal -t oVRA WD 0) . This case is also called the cP6IER208GPH042ci si on,
as there is a closed control |oop, evéluating both coding performances
and/or efficiencies, respectively, and then choosing the one with the
better SNR by discarding the other. It is well-known that for audio and
speech codi agndppkdcatrivhs @ Hoackoveahaporwn midinowi ki ndaw ogerkapotof
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of consldtutive franes. In order to el aborate nore on the code overhead and
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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 “T”.

Fig. 19 shows a view graph of a sequence of AMR-WB+ windows
and at the bottom a table of window parameter according to
Fig. 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 80ms duration), TCX20, TCX20, ACELP, ACELP.



is denoted by "1", which is also called a region of 1 or bypass part, and a

falling edge part. which is denoted by "R' and also called the right
overl ap r‘ggizgﬁ’./ooﬁ?rleover, Fig. 18 shogvs an arrow i ndi catl)?ﬁ/dzptz?{)g)’op@é? on "PR'

of perfect reconstruction wthin a frame. Furthernore, Fig. 18 shows an
arrow indicating the length of the transformcore, which is denoted by "T".
Fig. 19 shows a view graph of a sequence of AVR-WB+ wi ndows and at the
bottom a t aBFeMof thiendSRyersfet &f adtdtdny t1SFi 72 mELNITh P SRGIRRR BN B f
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this is not,galy e case for ALELR t 0o TEXxt ransidionshs bubufl 2 sfor s JEXX
to TCXx (where "x" indicates TCX frames of arbitrary |ength) transitions.
Thus, in eaBRXBl §¢k Hripvérheaa of” fgdirates ntrdhahEares| of arkitagy
sanpl i ng i s18gyeh)acti-gyettidhen IwiisGhi ng fg=em TEXotk AGELBvEBRewdndefv
sanpl es, are ?hghcar.ded fromthe FFT-TCX frane, i tﬁe ov%rl appi ng region, as
for exarbl el Rdi cated HETPRICSY of L1FPy. 19 by fhe PEIPIH FabeiSed Wi LT
1900. When swhiekiedg from ACELP to TCX the w ndowed zero-input response
(ZIR = zero-input response) , which is also indicated by the dotted |ine
1910 at the top of Fig. 19, is renpbved at the encoder for w ndow ng and
added at th@hd@c@}&tq%ﬂHQeéé@@ri?@? PAeRCELP the window samples are

‘discarded from the FFT-TCX frame in the overlapping region,
15 as for example indicated at the top of Fig. 19 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
occur, and hence, cross-fade 1is necessary in order to

achieve a certain quality.

30 From the table at the bottom of Fig. 19 it can be seen,
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 response from the ACELP
is removed at the encoder and added at the decoder for

recovering.



switching fromTCX to TCX franes the w ndowed sanpl es are used for
cross-fade. Since the TCX franes can be quantized differentl uanti zation
error or ‘Eige%ﬂwﬂfé‘@ilon noi se between cgﬂnsecuti ve frames &&W/ 0034“?‘1‘”&? ent
and/ or i ndependent. Therewi th, when sWtching fromone frame to the next
W t hout cross-fade, noticeable artifacts may occur, and hence, cross-fade
is necessary in order to achieve a certain quality. Fromthe table at the
bottomof Fig. 19 it can be seen, that the cross-fade region grows with a
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illustrations ent f he possibl e transitions in
AVR- B+ . Woeaie rtheassiofi g &7 ohs Tokways ADELPodheedver | appi ng sanpl es can be
di scarded. When transiting from ACELP to TCX, the zero-input response from

the ACELP is renoved at the encoder and added at the decoder for
recovering. It ii§ &hs ghiieictamt dircadrafedde dTVale VRN HEEe o BOEPR head

of 1/8 th isgraiwagst rone@wiedor taudid kevcRjierd. of the present invention
to provide a nore efficient concept for audio encoding. The object is

achi eved by an audi o encoder according to claiml , a method for audio
encodi ng acGbedislgj¢ot ciai rmdrliewad abgi mrdeaadép amcosdkingacaoelddinm 16o and

a method for i 9 decqdi i tq claj. . Yol S :
present i nvgrllgllif)ilna_élrgl %%gggdg%%?{lg I r?di%r?géo'?ﬁam[?zgacn%gé&gi‘@l ecnglc%glﬁng can
be carr}@d euot,audiqidecafipssianfingtimsmuEPngiarianst or endare mes#odf ofor

exanpl e, fop,HEX gReeding. atcltRdahigdsiong 1Nty @duci ng transforns can all ow
achieving critical sanpling while still being able to cross-fade between

adj acent franes. For exanple in one enbodi ment the nodified discrete cosine
transform ( MRGddiments of the present invention are based on the

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 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 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 introducing transform an overlap and
add stage may be adapted for combining the time aliased
overlapping 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



Modi fied Discrete Cosine Transfornm) is used for transform ng overl appi ng
time domain franmes to the frequency donain. Since this particul ar transform
produces ‘Xﬂlzi} L\ ?‘Péquency domai n sarrpées for 2N tine doﬁﬁ?ﬂg %%?

critical sanpling can be maintained even though the tine dorrarn frarres may
overlap by 50% At the decoder or the inverse tine-aliasing introducing

transform a@,v%\fqr' gﬁ%gg%o%ts%qermywpeh&&'@pt %Jr%u%qfr{a ni Q&dwfoawﬁ

al i ased overl appi transforned tine donain sanpl®es in a i
ti me domai noé(Ierré‘ﬁaﬁg daRed dre s (TOACPEOTi e D@ﬁarardV/ﬁqtaasﬂ%gtf@ﬁqc@%@don)

can be carribgd ©owd . 16MBRH NBRE ShaBNs be #ead ovie - Y exhin0bhed s £ £hgd
frequency domain and tine mai n. codi n with | ow overl'ap w ndows, such as

for exanpl e e PREE WBROOERGYdi bt O UERrGHr MSCEhsEealiby Fay be
non-crith calihy reamselded tf idHeerdeaydded.n this way the overhead due to
non-critical sanpling nmay be advantageously reduced based on the critical
sanpling property of, for exanple, the MDCT. Additionally, |ongeroverl aps
are possi bl énwionieotte tiat raxt ueriined Bkl t | bhal FEVernheddie EAMFodiBre X gcarde

provi de they gg\’%@t 298162l %Qi) %Ct’lh%rﬂlq.%gq{e 1%&5&%? <fr9aslsl J.eés f@fi' ng

can be carri out re snoot'hly, 1n other wor . SO
i ncreased aPMRhEBdecoarecial brie thet aiw%clémdb@émeerlhet TApﬁLtPhénqaq\m B+

TCX- modey rraanae th%plmedn@ae apaMBET onhid eckeead ngrf vpehi arRld td&si Hfon.
AVR- \B+, %he switchin betvve n the ACELP node .and.the TCX npde
based on a grm@gg %P SpifY oBpedédiSsi BRS TEH’HOQE? m‘?ﬁflscﬁé)trlﬁ? yheamerd n a

non-criti cakhghsanplfed falsdi darkar e framé AEXekr arre ACEBP &ﬁtaA@Elthd rame
and subsequg@ggégﬁggttlge t}[lé'l @Dgrl',l tll ce}jl Igrj?ﬁ{rg% fashl ﬁn fotraS
odi ea C

subsequent Hent s may fethi f uré osed 1%op
deci si on, uﬁpngaﬂﬁetwﬂ[ﬂQQWQ¢¢|BQX frames. Embodiments may retain the

15 feature of closed 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

frequency response compared to the unmodified TCX windows.

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-2j show equations for an embodiment of a time

domain aliasing introducing transform;
Fig. 3a shows another embodiment of an 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 sample of time domain speech signal for

voice speech;



overlap windows simlar to the unnodified AVR-WB+, but with | onger
overlaps. This may provide the advantage of a better frequency response
conpar ed V8 20H&%8odi fi ed TCX wi ndows. Enbodi nents of P%@/Eﬁ?@@?ft‘m
invention will be detailed using the ®cconpanying figures, in which: Fig. 1
shows an enbodi nent of an audi o encoder; Figs. 2a-2j show equations for an
enbodi nent of a tinme d in aliasing introducipg transfaor Fig. 3a shpws
anot her enbgagneﬂb oflgﬂgaﬁaﬁaeénébﬁgﬁfﬁﬁ%ﬁ %g §h8ﬁ§cgﬁog# CEhbotihent of
an audi o encoder; Figsadplehows yet another enbodi nent of an audi o encoder;
Fig. 3d shows yet another enbodi nent of an audi o encoder; Fig. 4a shows a
sanple of tinme domain speech signal for voice speech;Fig. 4b illustrates a
spect rum of Fagvobeed spéeshrsitgsal sams aompiig sEgnall ofi raatsenple ok a
donai n s gnal of a saggbgiggdasgggghged speech; Fig. 5b shows a spectrum of
a sanple of an unvoi ced speech Signal; Fig. 6 shows an enbodi nent . of an
anal ysi s-bysynthesis CELP; Fig. 7 illustrates an encoder-side ACELP stage
provi di ng shogt - 5Br m gredECts Onspddor it ici andsampnedi 6t oin eryrdfo ségmal ;
Fig. 8a shows an enbodi nent of an.audi o decoder; Fig. 8b shows anot her
enbodi nent of an audi BPB8EBAEFITRLG. 8c shows another embodi ment of an
audi o decoder; Fig. 9 shows an enbodi nent of a wi ndow function; Fig. 10

shows t her _enpodi of W n neti.on; Fkg. sh A \phs
and deﬁ;@ CEJa?f rsTEof g?ﬁ%"rvsart%vn\n nd%%%%grt%lﬂoér)ls aﬁg a \%\nﬁndo%\éfaul csfl:/goﬁg%f an
synthesis CELP;

Fig. 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 audio decoder;
20

Fig. 8c shows another embodiment of an audio decoder;

Fig. 9 shows an embodiment of a window function;

25 Fig. 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 sequence of window functions and an
according to table of window parameters;
35

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

embodiment;



enbodi ment; Fig. 12 illustrates w ndow paraneters; Fig. 13a shows a
sequence of w ndow functions and an according to table of w ndow

par anet er'%0 2010403493, shows possible transitions for an ROTEPRYIAHH01S

enbodi nent ; Fi g. 14a shows a table of 1dossi ble transitions in an enbodi nent

; Fig. 14b illustrates a transition w ndow from ACELP to TCX80 according to

one enbodi nent; Fig. 14c shows .an .enbaodi nent_ of tr j s i ndow from a
TCxx frame ¥¥a TX205%7%e 30 & Yra Osasglclzool?edi r%%t%oglot%;bﬁégnbggli ent ;
Fig. 14d illustrates atbedhoshtrent of a transition wi ndow from ACELP to
TCX2 0 according to one enbodi ment; Fig. 14e shows an enbodi ment of a
transition wi ndow from ACELP to TCX40 accordi ng to one enbodi me&f[; Fi,g. 14f
i | | ust rat esFag. etbodi ibhesbtatée ta angirnisdis LPNdYWAGY alfPAnd%hdh Fom a

TCXx frame to a TCX80réx@ieatOoAd ke bl e ameoadhegtto one enbodi ment
Fig. 157 1 lustrates an ACELP to TCX80 transition according to one

enbodi nent; Figs. 16 illustrates conventional encoder and decoder exanpl es;
Figs. 17a, ?ici;l | ygtr akgsw Pin eaepdiingeatdodeaodiragsikign ¥8nidowudtroat és a

prior art croSs-fade window Fig. 19 ill t ricQr artpseaueneeof
AVR-VB+ wi ndows; Fi g.Te®¥i Y%‘ifé‘ﬁgattgs i n@m%@ugzr(f?rfegrlt?r ahsm i1, ngin
AMRVB+ bet ween ACELP aadoid@¥adntohenéokinbefbgentnbodi nents of the present
inventiloon will be described in detail. It is ,t be noted, that the

Fig. 14d illustrates an embodiment of a transition window
from ACELP to TCX20 according to one embodiment;

Fig. l4e shows an embodiment of a transition window from

15 ACELP to TCX40 according to one embodiment;

Fig. 14f 1illustrates 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 TCX.



foll ow ng enbodi nents shall not Iimt the scope of the invention, they
shal |l be rather taken as possible realizations or inplenentations ano

many di f PSR ddi ments . Fi g. 1 s]govvs an audio encoﬁg?rmféooa/(?g‘t%%dn?or

encodi ng franes of a sanpled audio signal to obtain encoded frames, wherein
a frame conprises a nunber of time domain audio sanples, the audio encoder
10 conpri ses atgr edi ctive codi % anal ysis stage 12 for determnj

. , ng .

i nf or mat i onIBnt8GefPildPEANY f SIS GNg &Feafd 1d‘fveed?tc]t?rgn“”d]o]mai n
;rarre basegb@n &égﬁgsb@a audli deseapl es, 14 ori sexawpl Be t hetpdedi chabn tdosrai n
rame can sed on an excitapion_ frame he, pr edi ¢t on in_gr may
conpri se saﬁﬁ&ig’wépgmﬁa ¢ RS Iesshaoffal aHOLLCPClgIBﬁgi néﬂsef gr?a% ro%tfvmal{'%% t he
excitation shgeaktibar theheynt bbsild fille er reahebe dbtkgmedas| n pugrrbihe
words, 5 eppadipentg,a prodi Cﬁlnp'iefﬁgg%‘ﬂifohéfm fhHe R@ﬁ?xd i &k rent
excitation frame conmprising sanpfes of an excitation signal for the A

synt hesi s femnbedimppténbodi ments the prediction domain frames may

correspond to filtered versions of the excitation franes. For exanple,
perceptual filtering may be appljied to an exci atign frgrre to obtaip the

prediction 83fai A fPARES 13P otaH nsaETERt s 1A gAIPREEDor L P HnPFHLRAI N

IZII lteri Pg Wﬁ&‘aﬁlésalaiﬂ iaeratn%)Iétﬁmié atignalrasesbtaiobteaicodde fradist i on
omai n anes. I n_yet another_ enbodi nent, t edi-ctj.on d Le fr S may
direct| co?"f‘%ﬁbﬁd aio%@%‘fat atq" G Fanes. %ngegxfjdgg eﬂnlg[g}de?%b%uﬁ er
conpri ses astinpgeal i &benguidintr edgodey tlawsipmisesi4a foredicdrisfeoraadigng
over | appi ng LECLi on in a ot r@ﬂ.&lf',{}fy QN 4105 St ai
prediction agggﬁg%rarnsaggggct rg,é vnﬁf;e?fe.i n dsﬁeél{i me-al i agli ng I n%flocggci rgg1

t r ansf or ner ceaffécagapsedoror syatELsisi fdlthse and a prediction domain

frame based on frames of audio samples, for example, the
15 prediction domain frame can be based on an excitation
frame, the prediction domain frame may comprise samples or
weighted samples of an LPC domain signal from which the
excitation signal for the synthesis filter 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 other embodiments
high-pass or low-pass filtering may be applied to the
excitation frames to obtain the prediction domain frames.
In yet another embodiment, the prediction domain frames may
directly correspond 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-aliasing
35 introducing transformer 14 is adapted for transforming the
overlapping prediction domain frames in a critically
sampled way. The audio encoder 10 further comprises a

redundancy reducing encoder 16 for encoding the prediction



over | apping prediction domain franmes in a critically sanpled way. The audio
encoder 10 further conprises a redundancy reduci ng encoder 16 for encodi ng
the prediW¥Pi2BHAYMn frame spectra to obtain the encode§CHERAWIRNLIZG on
the coefficients and the encoded pred?ction dormain frane spectra . The
redundancy reduci ng encoder 16 may be adapted for using Huf fman codi ng or

ent ropy codi,ng _i. r to encode th edi ction domain frane ectra
and/ or the Pﬁggkﬁagﬁgﬁﬁn$qﬁé}ﬁﬁmﬁ#i%?gé g.%bﬁ §H58gf§é &M &sed “on
time-aliasi hjei mostiictients anstorthes &acodrdbep aatdjt etbrd odotmaansf Hrameg
overlappingspggg'gpion domai n frames such that an average nunber of sanples
of a prediction domain frane spectrum equals an average nunber of sanples

in a prediction donmain frame frame, thereby achieving the critically

sanpl ed 4 r apgborBHuhdBhEST FekRCcihle ehic®Rred! NaSinfag, IHY rRA Y ddansd Qigrer

14 can be adag%ed for transformn overlapglng predi ction domain frames

accor di ng t BUSTRBHI fTUHH sCF et %heCPHARST oFhaPEERT( NBSCTERCRASI f5R:

Di screte Copredaidtabafl @difain | frdhe Epkkewhngndfer MKE whnifbrbatexpl amed

in further ggtail gj&h.ggg hel p of the equations illustrated in Figs. 2a-2]
The nodi fréd drs Fe?é ¢o8i ne transform (MDCT) is a Fourier-rel ated

transf orm based on the type-1V discrete cosine transform (DCT-1V = Discrete

Cosi ne 1l a“%ﬁoéﬂb gﬁ?ﬁehi/)s’ chbt @ih@eaﬁqgis&ing;“%t%% Yobl Q:fra?n%jf'?ﬂn{e%pptetp’
i.e. it is designed to be perforned on consecutive bl ocks of a larger

dat aset, whefR stdsefirted| dks drerifaiged S Haring. nresiicdsiornal f

of one bl ocko@incirdamewi tdudthecHdt sinhakkralet hintext &f 0§kmpTBESof a
ener action _qualities o? t he :

over| aPP NGy LI ZHSLAT 9L, e srer Gy sompaciion uall s ol the BT
samples in a prediction domain frame frame, thereby
15 achieving the critically sampled transform. Furthermore,
the time-aliasing introducing transformer 14 can be adapted
for transforming overlapping prediction domain frames
according to a modified discrete cosine transformation

(MDCT = Modified Discrete Cosine Transform).

20

In the following, the MDCT will 'be explained in further
detail 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), Ogg Vorbis, and AAC (AAC = Advanced Audio Coding)

for audio compression, for example.



applicati ons since it helps to avoid artifacts stenm ng fromthe bl ock
boundarl €es, an MDCT is enployed in MP3 (MP3 = [4 | a AC- 3
(AC-3 A‘ﬁglzgl @86‘5’& 3 by Dol by) , OggMVorbl s, and AAC( E/EPZ(Ré@%%%d Audi o
Codi ng) for audi o conpression, for exanpl e.The MDCT was proposed by
Princen, Johnson, and Bradley in 1987, foll ow ng earl i er (1986) work by

Princen and_Bra to devel op_t he ND(A? . S _unde ingi

ti me-domai nTEﬁ g'stl%#g HhcBf PR FS% HD Cﬁl,ncf?ﬂ’t h‘g?1¥ 88% %éf 6@7eyl'hjer?e
al so exi st s1887andloddows niar aafasn‘biew { h@8 6 DSTorbabgd quntcm Girstrtad ke ye
transform I , e

di fferent tgge\sa%a}fel%o%l?gﬁ;% X‘Bg%erdlyﬁrg:r r?né SST%O% djon?g]m
conbi nat i ondliaAiel c&ﬁnéleééatilémse(d"qﬁﬁi enmbddintess e sdia hadre kivia n
al i asing i nfrﬁegan@ 176G téﬁ@f@r Bhl'zhal dgdudPd rdher MACT {ReNPDsANPIH AL O

the audi o si di rect but rat her to the output o f a 32-band pol yphase
quadrature PPIE gfa 1 §pREs & TOR A e2 B I‘”@érl) FanktPeRe JRGRLY o f

this MXCT isspast Fﬂmsed tme anDat i baskeedunt | @ﬂff@ﬁc@ulta typ&sdoge gdme

[ f fil
bank i th CRENBCR A alPER & hDbFFACEH (5 bakk “br o WabbaNE IBEF OC.  on

t he ot her huhdchn@amlalysaalsbs atsmsﬁr el ivDEihodning ntlse by drted yt imeddoREG 4

AAC- SS ar Y, bank followed b y an NMDCT.
ATRAC (RA?/I'RA i‘%s%ﬁét ?3{;%9%{?1@ %1 Aggl gq%g%f% uses stacked quadrature

mrror filters (QW) followed b y an MDCT. A s a |apped transform the NMDCT
is a bit ungsualpzpomaedMprot h@r E@H“@gﬁplﬁéét%”twfgwﬂ&d ns&%%l't

has hal f as_ pan ut puts as |n s (ipste t he same nunber
particul ar, 44f€ fgg(ié( i rfEEr fﬁﬁ' gn F-° Rg% Outpu of }2-bahd

polyphase quadrature fllter 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. AAC, 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 Audio Coding)
uses stacked quadrature mirror filters (QMF) followed by
an MDCT.
25
As a lapped transform, the MDCT 1is a bit unusual
compared to other Fourier-related transforms in that it
has half as many outputs as inputs (instead of the same
number). In particular, it is a linear function F : R ->
30 R", where R denotes the set of real numbers. The 2N real
numbers Xg, ..., Xon-1 are transformed into the N real

numbers Xp, ..., Xy-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
treatments. Only the product of the normalizations of the
MDCT and the IMDCT, below, is constrained.



RN, where R denotes the set of real nunbers. The 2N real nunbers xo, ...,
X2N-1 are transfornmed into the N real nunbers Xo, - , XN- | according to
the formWQ2PWNE4Y1 2a. The normalization coefficient i RCTESAYIGP40LH s
transform here unity, is an arbitrarﬂ? convention and differs between
treatments. Only the product of the normalizations of the NDCT and the

| MDCT, below, is constrained. The inverse MDCT is known as the | MDCT.

Because t herl®earnr¥ser YR ndsodnOWt dhphbe AMPCIut RASEUSR $H$EE §FSnce
it mght SeQﬁ'ﬂﬂ@ieriﬂﬁuk@@i§fw|ﬂimﬂﬁs bend I’W@tﬁ)ubi;,e atiofevst, gD&no‘:eCit

invertibilit achi eved by .a t ed | NDCT su ent

over | appi ng ’%‘Ig&ﬁks’s eé‘htf??aﬁg G % %’?lgl(g %gpb%njdn\’eh]ééb?iar ng ta'to
E)e rg’; ri eve(ﬂqertﬂucs: tmmmlstj(nmmmaahlewﬂel- e dd ialg alsmengov:anteppadl on
TDA . .y 2

nunber s y %MW% acco (f‘?élfﬂéeg?l kﬁ@o?}ﬁs'ﬁ 3@%ané }Ck?e %%89
DCT-1V, an &t hggonall tala@sffd’rem origiinger dathaste héo%all?@tﬁféﬁmeﬁls t plais

forward trangfermg den the gasenofad WiRdaweehNPCTaMibBihBe dsnabl vhpgdew
nornmal i zati on see below) , the normalization coefficientf in front of the

| MOCT shoul d cr'hrltlplled by 2 i.e., becoming 2/N. A though the direct
application of the MDCT formula would require O(N 2) operations, it is

p055|bl t hi ng. wi_ t h,onl g N) co IeX|tyb
recur SI ﬂ%&# grﬁﬁé 85%u&5tf%ﬂl & }/Iibr‘? )Q’ast Foufter tHahstor m
(FFT) . Oner@ad ahsmbemerpu*{z(e MXCTs vya-0t heDOKdansf orers,theypifoamiyaa DFT

(FFT) or a BX e Van p Si . as
descri bed be?g})%/v, any arBlgorl t{: %%? Dte 1 Qn %S'Ett (?%g% {B%riév es Qhr%rgt hod
to conpute tREEVBSET hasd GheDCRIST féRFéfh%ﬁ zté’e forward transform.

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/N.

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
factorizing the computation, as in the fast Fourier
transform (FFT). One can also compute MDCTs via other

25 transforms, typically a DFT (FFT) or a DCT, combined with
O(N) pre- and 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

w, (n =0, ..., 2N-1) that is multiplied with x, and yn, in
the MDCT and IMDCT formulas, above, in order to avoid
discontinuities at the n = 0 and 2N boundaries by making

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 could also change from



In typical si gnal - conpression applications, the transforn1properties are
further nBroved by using a wi ndow function wn (n 4 that is
mul ti pl i YOO and yn in the MDCT and | MOCT fornula§CTQEBW@m0‘%Sorder

to avoid di

iscontinuities at the n 0'%and 2N boundaries by maki ng the

function go snoothly to zero at those points. That is, the data is w ndowed

before the

MDCT and after the IMDCT. In principle, x and y coul d have
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W2N-i -n S long as w satisfies the Princen-Bradley condition according to
Fig. 2c.”Various different w ndow functions are common,

mbi ned, t for. | i.ci . f
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se’a KBD wi ndow. Not & that  w ndows applied to MDCT are

f PEANRERGEWE Idsad oo idtindy aarnastisyg sq‘brfallg ar?aq ysis, since they

|1 the Princen-Bradley condition. One of the reasons for this

|s t hat ar,e appli d t f both th
(VR EBRS MR e IR R RBnEE e ofve ' ShutBhh B ATRLe
ok t;haemhefumlmgunszdffmr eNRB ahthPE/DGZ P8 Cossentt iial IFig. Ze
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etran rmada I'S equl val ence nore

Kﬁpéeﬁaﬁ?sgeép@qmé@q | e G c@rmdbféPEQsﬂlﬁAC can also use

a KBD window.

Note that windows applied to the MDCT are different from
windows used for other types of signal analysis, since they
must fulfill the Princen-Bradley condition. One of the
reasons for this difference is that MDCT windows are
applied twice, for both the MDCT (analysis filter) and the
IMDCT (synthesis filter).

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

derived.

In order to define the precise relationship to the DCT-1IV,
one must realize that the DCT-IV corresponds to alternating
even/odd boundary conditions, it 1is 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
a DFT). This follows from the identities given in Fig. 2f.
Thus, if its inputs are an array x of length N,imagine
extending this array to (x, —-Xg, -%X, Xr, ...) and so on can

be imagined, where xp denotes x in reverse order.

an exanple is given



derived. In order to define the precise relationship to the DCT-1V, one

must realize that the DCT-1V corresponds to alternating even/odd boundary
condi ti on¥92P10/Q0849%en at its | eft boundary (around n=- PCIEP2YGA4S ¢ 5

ri ght boundary (around n=N-1/2) , and’so on (instead of periodic boundaries
as for a DFT) . This follows fromthe identities given in Fig. 2f . Thus,
if its inputs are an array x of length N ,inagine extending this array to
(x, -XR, -X, XR, ...) and so on can be inagi ned, where xR denotes x in
reverse or desn&bast dah afDANDGFiwht RN2N.npipig sandd NN autgpuit s, where tthe

i nputs can be divided intq. L bl S , ) weach ofy si 2. |If
these are shifted %ﬁgl\#ﬁ ?f‘ir’g%efihggglév 5gtﬁgr %lioﬁ%tshe(gl(/DgT d%éf :ar)n '%iao%ﬁl) N{f t hen
(b, ¢, d )skx¢eNd2padif tthesmdane shefRepCPyl W/ilhplfzom sbhe nall/fude s

"folded: b FRO4LeihieiBayndap¥ncqpdi b ops desehidbedstbewne. ehaus,
t he NDC‘F o?@ﬁ%%?gﬁ(ﬁ%@%w%gwd ) is gxactly Z ui val e,n9 { S -1V of
the N inputef (ther ¥, BCHRIV WEER déRotEReYe | P§s a%%foS? | n2eks
way, any al gorbtdphg ort608REt BotiReabGTcbMdeanohe testirabky applieed to the
MDCT. Simlarly, the IMDCT formula as nentioned above is precisely 1/2 of

the DCT-1V (which is its own inverse) , where the output is shifted by N2
and ext enderh@yj a e bmomacyE cdNdiinpasd t@,a bengch 20N Tre exestdey

DCT-1 V. woul d_si i vie, backpther{ Nk s cb=CRrd 1 g5 R fram.ahove,-Yhen
this ig\ﬁghi?(ﬁ%ﬁgg%%ngxtteondgd 9?2 tﬂﬁe our% gry coln It ons,( ,?ﬁe obt ai%gs’ t he
result dispilaged iR Rignobgs HeTew$al hea$ MBERHGt puts dME S hiéYred@Rdant .

One can now, yngder shando hevmgRAE waekscTSERPesa bBat rafeatoRpubed ikke tDCT
of the subsequent, 50% overl apped, 2N block (c, d, e, f). The I MDCT will

then vyi el d, t®alBgbus to

15 Similarly, the 1IMDCT formula as mentioned above 1is
precisely 1/2 of the DCT-IV (which is its own inverse),
where the output is shifted by N/2 and extended (via the
boundary conditions) to a length 2N. The inverse DCT-IV
would simply give back the inputs (-cy-d, a-bgr) from above.

20 When this is shifted and extended via the boundary
conditions, one obtains the result displayed in Fig. 2g.
Half of the IMDCT outputs are thus redundant.

One can now understand how TDAC works. Suppose that one
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-cr, e+fr, eptf) / 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
Nyquist frequency are aliased to lower frequencies, except
that this aliasing occurs in the time domain instead of the

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



the above: (c-dR d-cR e+fR eRtf) / 2 . Wien this is added with the

previ ous IBDCI result in the overlapping half, the rever cancel
and one ofPa"HY 0%19r1rpl y (c, d), recov%rl ng the ori gi nal g.g‘&é) Wﬁg‘m&i gi n of
the term"tinme-domain aliasing cancel Pation" is now clear. The use of i nput
data that extend beyond the boundaries of the |ogical DCT-1V causes the
data to be ghliagec,d g CXBELLXC} he SR gy { DRlnLT SdyenGleSChRYPRD: i bR
Nyqui st frequency are a I ase | ower equenci es, éxcep fha I'S

al i asi ng ocd@r sangetlhéhanmd e e iaﬁiééiad of the frequency donmmin. Hence
t he conbi nations c-dR and so on, which have precisely the right signs for

t he conbi nati ons to cancel when they are added, For odd N (which are rarely
used in prad@fcdd N swhEcRofran rlarﬁeel@’eru%%jth% HB@?tnl§er)hot N4t BOkhi ft
per mut at § on aof 1&1t@@'5-r| Yo lthd MIXTCaise, ndthes iagsli f i onsth i sthipé riyt del dbnaot

sanpl e neans t | MDCT__beco ent [/ and
th(rarpanal ysi & i Q&gﬂ t‘pt)gg%‘scré}al?hé:afoedvggﬁﬁb?ﬂﬁea/lactlhoenal}ﬁAé% %5Dg¥ stJ pfoved
for the ordisaapyeVBERNsshovd thgthdakDaddiMGCT MDETomes aajmsmlartt bt @ckisei n

their overl gppi 'ﬁfﬂ}%'f RO 51%39'1@' n%ait J‘eccgetrﬂé’aéﬁ&ﬁ‘ of this

i nverse property for the w NAoWS i S ol 'y nore corrp?lcat ed.
Recal | from above that when (a, b c d) and (c, d e f) are MDCTed, | MDCTed,

and addeg i apbhel,r t@l\éer'lllﬁﬂp' a%' w@sopka{;@d( Qof @Rec%faldqa)ry @odﬂc -

dR, d - cR d orlgln [ n h the NMDCT
i nputs and tsﬁé’wllﬂ}émﬂgﬁﬁ 189 J%@%quﬁé’gs@ﬂu@fml e% 191 %N ins Shphbsed.
As above, wevas&upspmgsylm Meeo\Meﬂ@OtheumtugOmalV\/(dadfm J srrtdnei@fmaetmnt he

form (w2, 2By MIRR AN 808 e, | SN N2 WERIGH SRR 9280160
reversal as‘before. Then the Reen?
slightly more compllcated

15
Recall from above that when (a,b,c,d) and (c,d,e,f) are
MDCTed, IMDCTed, and added in their overlapping half, we
obtain (¢ + dg,cr + d) / 2 + (¢ - dg,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 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

w® + 2% =(1,1,.. ),

30 with the multiplications and additions performed

elementwise, or equivalently
wh + 22 =(1,1,..)

35 reversing w and z.



condition can be witten w +4=(u,...), with the nmultiplications and
additions perforned el enentwi se, or equivalently wR 2 + z2= (l,1,...)
rever si ngvR28HWP341 Ther ef ore, instead _of MDCTi ng (a, b,c,PQT/,EP%@@PM(O\’\%, zb,
ZzRc ,wRd ) is MDCTed with all rrultipl1i9cations performed el ementw se. Wen
this is IMDCTed and nultiplied again (el enentw se) by the w ndow functi on,
the last-N h results as displayed i.n Figgﬁih. Not e, t hat t

|
mul tiplicatt8F6FOFE no | 6H§5Fg8r esefif, be &"%he | I(/f)cﬁ“’ﬁbaﬁﬁl i zatPoh
differs by gwhaecbouzzofwl)i n tie wMDOlwd casieth Si mliar| ymulthep in catoids MDCT

and | MDCT of f i el cdn i [ = N. hal ' i Ghs 20 .
When t hese P\%ﬁ%%ﬁgp\ggs)e&%ééneeégzgdée['og@?%%lrJ,éﬁt‘ elrgegﬁqlDt%g%g d‘%f!}grﬁ%f%?%lgé

obt ai ned, ' rgedver(edgmenswdisiegi tyl tdeet avirklqy Bmateiiet sthnokdst - nbdbf nent
of the aydi Q.cR4eK% ég. dligptllgg,e@rrq%dimt Aepicted in Fig. 3a the

time-aliasing introducing transformer 14 conprises a windowng filter 17
for applying a window ng function to overl apping prediction donain franes

?nd a C?therQé %J@rtﬁenwﬁ_ﬂmﬂw@m@dﬁweﬁ! apping ﬁbﬁ@b(ﬁtiﬁ‘esﬁ@ml in
ranes to the predictio in spectra., Accardin o t he_ above iple
wi ndow f uncE?SEé‘sﬁr ghgoﬁygﬁggﬂpém%g&@t&fo’\/w‘ﬁcfﬂg%% Itbybe‘;1 dfe%%'?reaonﬁjté tfr)f?er

bel ow. Anot hae enboidweehtcade anSamdiiarégpcoddre bindowkepi HDER iamdFi KIDAEBDH. | n
the e i t pi;cted, i i 3b it he .tioealiasing | odugci n r mer
14 co%@sgté@a g(‘r?bgéééég} %f %‘%s’detler{(;t iltr'fS a%kl"e:\%gng ah%igory%lr:%g?%%ﬁgsga&
Fig. 2i. When these two halves are added together, the
results of Fig. 2j are obtained, ' recovering the original

data.

15 Fig. 3a 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 10 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 1is detected and

30 wherein the windowing filter 17 is adapted for applying the
windowing function according to the window sequence
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



w ndow sequence information if the event is detected and wherein the

w ndow ng\Vfi |ter 17 is adapted for applying the window ng function

accor di ngVPFHE3R ndow sequence i nformation. For exarrplpg,T/EtPﬁ@WQWH may
occur dependent on certain signal pr ozﬂerti es analyzed fromthe franmes of

t he sanpl ed audi o signal. For exanple different wi ndow | ength or different

w ndow edges . etc. y pe applied according,.to for exanpl utaocorrel ation
properties &St F&™H |ad Jo%a:fjrg??ft raﬂgi Eh(e,e,prgfcg.ssloﬁ gtgﬁen}awr s‘,’lée
di fferent ewensequeyceccuof adipéetrent dwihdpeat pnopaepémdentet henf rigmes

of t he sarrp{lﬁggg\%gitge%i gpalpand Lhe OGRS Yy dhd "%J',%'gr?{]lqvil‘Qsar & Sﬂse??éjlﬂr]%& of

di fferent in~dependence on the properties e frame

audi 0 si gnaleaveneegetad epla semebaces fand Wardaret 2egueneesi Hidw Heqursices
wi Il be set gyt phel.gw. Fig. 3c shows another enbodi ment of an audi o encoder
10. In the enbodi ment depicted in Fig. 3d the prediction domain franes are
not only provided to the tine-aliasing introducing transfornmer 14 but al so

Ej 0 a cogeboekggng@g@ho%& awagmﬂ Sé_rraiwld tn%gutL & %mcxiﬁﬁg; telmquegdibm.ik am
omai n franes bas n a predeterm ned cadebogk tq obtain.a, codebpok .
encoded frafB® I\%Y?%%Q?]é?‘?n{)hgeé’r}ﬁ&&finﬁrﬁ géﬁi'c?éd ﬁ'q'he FPﬁ.egégt%SHprqoogéasma
deci der for fdemedi ngardet het t conke apcodededk encodebef r dneneora leirrcoiden
frame tp,obt ai fi.nal L.y ng r S codi hClENGY
measur efo Th%%g%ﬁgaﬁcrlrgﬁt. td:eapl c%e |lfn g?gbggc%%%n a?%ogbggggﬁﬁgg a cl oqs?erd
| oop scenarild, Iwhidh siscexd@pieedhdodecedeprdiBihidhea herpdsstbrni tdpmain

gbt aidnt ﬁncofﬁgmfe%angﬁﬁggo%ﬁmagr ﬂ@%@ﬁer@gﬁe@r ansdlebebng ¢4 ansgdlimt ion
based Lhe oL el DLRoh el sodebook based. 11 o det (9. deler a3 cpding
branches, and Fhen det eompre dde catkagder for deciding whether to use
15 a codebook encoded frame or encoded frame to obtain a
finally encoded frame based on a coding efficiency measure.
The embodiment depicted in Fig. 3c may also be called a
closed loop scenario. In this scenario the decider 15 has
the possibility, to obtain encoded frames from two
20 Dbranches, one branch being transformation based the other
branch being codebook based. In order 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, the decider 15 may be adapted for reverting
the encoding procedure, i.e. carrying out full decoding for
both branches. Having fully 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,



efficiency nmeasure by evaluating error statistics fromthe different
branches. _In other words, the decider 15 may be adapted for reverting the
encoding‘ﬁpﬁﬁgHW?Q} i.e. carrying out_full decoding f or PHEER2HPARtRs .
Having fully decoded franes the deci d&r 15 may be adapted for conparing the
decoded sanples to the original sanples, which is indicated by the dotted

arrow in Fig. 3c. Iné%?e,enbodinent shown _in Fi%. 3¢ the de%ider 15_is also
provi ded wi CRERY pAdd iR YdoMaas W eshed 0%t hE @%Fﬁﬁ i &7 s TERESI et 02
decode encodddinfalartes-rigiane thet fcedwrdancys tedist ga Eneaderr 16 randial mom
decode codebhogk encqded f f,romth odeboqk encoder..13 and ¢ are the
results to Fﬁ%tgkiégﬁﬁﬂI%éégE%dQSQSFéaﬁgﬁfo%gd5§§%1%ﬁkﬁ%ﬁg %H%£§ h}gin
one enbodi neetlahyi cconpar thg ttespidtfierencedecaditiey ef f¢ ci éhey nmdmnr esff or
exampl e b1 L Al PN dRedil Shd Al anpd A SLALA 1 8TLLE Ohien

m nimumerror, etc.” can be determned, in sone enbodi ments also in relation
to the resp®€tiddapbed rfaite, SPLECtLiRE MmiANGT ofBPEeds ehitared fao8nchle t he
frames. The rde@indehcld eadutheq benadapgted d olbrselkget i BgaebbBRI EnEsded
frames fromthe redundagcx i;duciqg iqgogﬁg 16 or .the codebooﬁ encoded
franes as fiRAMSF eACodEd" 7+ aKesS HAdE UGS cofiAsg et PPci ERgy TRiSTe.
Fig. 3d shoesfdrdiehery erdacdireent of the audi o encoder 10. In the enbodi nent
shown in,Fig. 3d there is a switch 20 coupled to the decider 15 for

switching the prediction donain franes between the time-aliasing
i nt roduci ngFiganstorsteawsl 4anatihehe enbddinek terdodere 18ubasedneede rcokld ng

efficiency gpasif{e. ofB6qdRehdersHRfannbeiadapi£d: fore daterm aiag s cngli ng
ef ficiency measure based frames_of t'he sanpl ed audio signal, in

on the . npl e I, ]
order to deferRIRE the gd§ t d6r 16Tt htd sviidichsPatchi®gd whBehdtt]Y ¢iskPR he

domain frames Dbetween the time-aliasing introducing
15 transformer 14 and the codebook 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 audio 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 is

more tone-like or noise-like.

The configuration of the embodiment shown in Fig. 3d is
30 also called open loop 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, 1in one embodiment, the
decider 15 may not decide based on the frames of the
sampled audio signal, but rather on the prediction domain

frames.



transf orm based codi ng branch with the tinme-aliasing introducing
transfornmer 14 and the redundancy reduci ng encoder 16 or the codebook based

encodi ng WP2AN%4%h t he codebook encoder 13. A s al r ea8G¢THEAIP OIS above,

the coding efficiency neasure nmay be et ermi ned based on properties of the
frames of the sanpled audio signal, i.e. the audio properties thensel ves,
for exanple whether the frame is nore tone-like or noise-like. The

configuration of the enbodinent shown in Fig. 3d is also called ope§ ] oop
confi gurati &n, teenéelipwiagei dbe BSGH eIt dha METHRA ¥ ah®s

wi t hout knowi pgmt Reteasul tGerdrd ey OUt GOMRYOf & hen ff £8tPESE | VBetadieng baanch.
In yet anot her enbodi pent the deci ger maglﬁgeci de based_on the qoreJdi ction

domai n frantBPURREEhIKE SN BEG.2B3dIBGLP he *d8C e PR r Bw. S T ST HaHY
words, im OﬁSQrembﬁdidferﬁ , stheideeirgers iknhainycant beematte blagedppd viimg fa anes
np

of the sanpled audio_signal., but r [ h | ct [ i .I
Che ol Iow ibtnehe BEETerah ar o2Rel Brorhe Haci Mufche 1 FHEUTbg Efe -1
General |y, ahdréteeenstati onibet weeasanedinpudne@- |tihe portdtorprseml HeRli o
signal and g,staLiapacy;poLl Hbludediali 0OR1Y SheRAkcEAhRbeRe duh,

appl ying a Sighal processing operation, in which the inpulse-Ilike

charact eri sEPE examBaSur B8 Seact by analivedady dhskeauedoaa &F dihg qydio

measur eh assghhi . Steh tHBaS WRIEN4 Sy CARank 0breXBABEE, pRecdesanky canalpzi ng
the waveform of the audio signal. To this end nsf or m-base

_any tr
processi ng BFOEPRS hPEcedsi AGYoroH§T ot"ﬁé’lceﬁrs&@@ss'f\’lﬂﬁ n B8"| 8??‘8?%&‘.’“ An
intuitive waythoeidet ey fiorg dstdmniigidiess t he pbethen ithei mouitsen idke or

obhar o SARAESL g Byt b B Camyprintsl apiand o itk diian
i nterval s, wadepeaksand 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, 1i.e. for the codebook encoder. Note, that even

within speech voiced 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
5b, 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. In the
following an example criteria is given as part of an
embodiment. Specifically, a voiced speech is illustrated in
35 Fig. 4a 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 speech segment as an



regular intervals are even nore suited for a speech-like coder, i.e. for
t he codebook encoder. Note, that even within speech voiced and unvoi ced
parts canVB'H¥E{%hgui shed. The codebook encoder 13 nay PHEEFBIEOL0] ¢i ent
for voiced signal parts or voiced fraites, wherein the transform based
branch conprising the time-aliasing introducing transfornmer 14 and the

r edundancy %@%@1@ FOEO erségti@b{a% S pBREE ohOr i 41INVeiseed skicames
General ly, the transtform based coding may al so be nore suitable for
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4a in the tiviesceohaspeanl s Fagasdb periedi¢rdquehly dortd ndamairs and

di scussed ag GRPAIRINGY aR-hRueer | hke ehanakreghthey, dbfagh, unveied
speech segnent as ‘anexanple for a stationary signal portjon is (gll scussed in
connecti on winveidegs sme@hdt Shrangerchik&nageén ré’lalcgalﬁ’@'cl%&s? AT

Vol Ceg, wlng'hfée_der&ard’Q xsg. vJi o&d a@ﬁgﬁleﬁﬂguiBCy_}ed@I’i‘ailllymmIg?l' efrort tsampt leel

voi ced and unvoi ced segnents are shown in FLgs. 4a, .4k, 5a Vol ged
speech is ql‘fé’ﬁrgﬁeri’gdi ‘f%ctefde EEIRCGERui nﬁg%d Sﬁléjrr%%ecrg? I ;%Bg ?ggfnuréég in
'Ithe Ij(rjequene;ysidmmi Bpewbhl & sinvtiaced tepeecl | byr andomilinee and bfewtdband.

n addition,_the_.energy.0 | ce t S i r glgl ighelqdde the
ener gy of ur"ng\tfd"iuccéC réaég)r?ehne{ sg%eﬁgﬁﬁgﬁ?eg%kgggggrgu?nso% \r/Hoi ced,q{:peechai S
char act er i z&dhebyquasifperiedici by n@ft speech and may be attributed to

15 the vibrating vocal cords. The formant structure, which 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 the transfer
characteristics of the vocal tract and the spectral tilt

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

The spectral envelope is characterized by a set of peaks,
25 which are called formants. The formants are the resonant
modes of the vocal tract. For the éverage vocal tract there
are 3 to 5 formants below 5 kHz. The amplitudes and
locations of the first three formants, usually occurring
pelow 3 kHz are guite 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



structure. The fine harnonic structure is a consequence of the
quasi -periodicity of speech and may be attributed to the vibrating vocal
cords. Th‘@%%’r%%‘{mstructure, which is also called the ESE/CE?F%?P/O&%\%E ope,

is due to the interaction of the sourfe and the vocal tracts. The vocal
tracts consist of the pharynx and the nouth cavity. The shape of the

spectral enyv pe At "fitsr .t ~ter p r of - vQiced speech is
associ ated WI&'%% '?T?eh?lﬁ%nsafcteor%sc%?agpgéﬁébgcrsg%f %ﬁﬁe%\%%% trrgc?tq and tctﬁ]@
spectral til¥o¢®l drésttavedndudiqsitise gboundsl gue seediicedspeyrt rdlrupmiel ope

is CharaCterEé&ﬁEfWgatﬁgteﬁh:p§§g§suf@i0@hﬁkﬁlC@ééeguEQEHQHgSbeﬂ?ﬁde%@ants
are the resonant nodes of the vocal tract. For the average 'vocal tract
there are 3 P ¥orhantRepef®@F5 kHz. The anplitudes and | ocations of the
first theee formants, usually occurring below 3 kHz are quite inportant,

both, in speech synthesis and perception. Hi Eer formants are al so

i mpor t ant fgqu“ﬁ’deﬁans e i 8859§88ec0n#rg ?e?é‘}‘f{lrft i 6h§9a$hé:a&' BRer & es
of speech arstatlatady t popliysincaln s péec ht pmedutiniaom syst ekl wst fatddWs n g
Exciting the.yvpc tract, w L-periqdic glottal air | ses gener.ate
by the vibr gFtll ] aslvao.c{'zt (?o\rl\%lésgtb?éc})g%% s%\?oric&gé) s_%)rgetg%.e lée(weeqcl.:%ng;?mfi’fmt’ he
periodi ¢ pulBeigls rk$erdeffesents thaofunddtent aipytseubhcy opoptich. as

Forcingiai r jtinnodh e £ORSET ieGddn@1 d Nk hejyocak  tracd \?BOQ%%eSf otfed
speech. Nasal sounds aredue to the agoustiC coupling of the nasal tract to

the vocal tratd, SEAEIBNBEYVEITURIE aPe TRRIuEEBSh PN bt APeFeditG ngheNe
air pressur gensirchtwasepelat ingpphebiesd e wlDBube iontiRedd acditedhys, a

L onery RO, o (il AUKh S oral iSRS Sl LIy B e L0 dne
frequency d@me nimpulse-like portions can alsp be performed using LPC
15 methods, which model the vocal tract 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, quite a continuous noise floor having
some prominent peaks representing specific tones which
occur, for example, in a music signal, but which 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 sighal in time 1is 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 also 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



which is different fromthe inpulse-like portion as illustrated for exanple
in Fig. 4a, due to the fact that the stationary portion in the tinme domain
does not WRIANHMWP{Anent repeating pul ses. As will be ouPCITHEAWPLP1S on,
however, the differentiation between Stati onary portions and inpul se-Ilike
portions can al so be perforned using LPC nethods, which nodel the vocal

tract and the  exci tlﬁéljlé)f (I%Ti thhce i/gigﬂ%%ér%cr} s,mg\ﬂﬁg%g?;]égrspaowé/ dgri,raig of

. dio” s
t he signal FEtonst veied, Miipul set sighal's™s prom nen
appear ance sfathenamgi podtdlonf.ormants, i.e., prom nent peaks in Fig. 4b,
while the stationary spectrumhas quite a wide spectrumas illustrated in

Fig. 5b, or in the case of harnonic signals, quite a continuous_ noise floor
havi ng soneCpRéRPneRBCheaks r &fces &MAGH GReci fShObned wiidh otur , thr
fexarrpl ¢.5 1 Nd@chysECls! ey labllétlly/ﬂf chhdo d'mi&a\fe:am%h atﬁ@ﬁtﬂﬁdiditsic&me
rom each ot her . as e i mpul se-like signal .iin Fig., 4b.. Furthernore
i npul se- | i kKEOPBEP o%§a§ﬁ8 sPati Gﬁlfryeﬁ%ﬁqa&ﬁsorba%lc%’@&r’ it tqrrf{ﬁ"il nehner
i.e., whichdeeapsihbatwhatpe | oitepf atrke matdiexr sigpal sénlikap isest atdmmary
and anot her _portion of t udi ignal_in ti | S | ] .
Al ternati vefgl%?bgﬁdi%ﬂron%g??aygogﬁ%o% areélcﬁoereirgflljc’s %’fﬂpélté%ﬁggrgén be
di fferent imodefsvitabler Equendy Baads.tormudaselde edatostimiondriageh whet her
the audip signal is stationary or inpulse-like, can also be perforned
frequency-sel ective so that a certain frequency band or several certain
frequency banBsearentllisi aBr a8y SBE - SYativataey ianFEthen odsqueticy Bhds
are consi degedctiosba wirpH! sespeke. tbn rilyi.s 6capetad 1eeiifaian B ep@ydden of
t heaudi o si gnal P %IE i ngl udg an |%I se-li k%.ﬁor.tl on or a.s at ieqfrlaer I
portion. CoffRgPhackl®d fRE"EntdHi neReCSRoWI A% * BHTCFh8Y ’
Andreas Spaniers, Proceedings of IEEE, Vol. 84, No. 10,
15 October 1994, pp. 1541-1582. The CELP encoder as
illustrated in Fig. 6 includes a long-term prediction
component 60 and a short-term prediction component 62.
Furthermore, a codebook is used which is indicated at 64. A
perceptual weighting filter W(z) is implemented at 66, and
20 an error minimization controller is provided at 68. 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 s4(n).

Generally, the short-term prediction A(z) is 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 for

35 “algebraic” has a specific algebraically designed codebook.

The codebook may contain more or less vectors where each

vector has a length according to a number of samples. A



decider 15 may anal yze the audio franes, the prediction domain franmes or

t he excitation S|gnal in order to determ ne whether they are rather

i mpul se- IWRSM1Y00&PO1 i 0 syjtable for the codebook encod@%T@fyZOO&”O‘ms

stationary, i.e. nore suitable for t € transform based encodi ng branch.
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bel ow. Depepfli,B8iRBntBI Shianflommat itan, 1 et ddnige t ehen pEadicttiren showz)in

i ncl udes t he Iong termprediction gain b and delay T (al so known as pitch
gai n anP pi Fe&d-dér ay) .. The CELP al gorithm encodes the excitation or
predi ction domain franmes using a codebook of for exanple Gaussi an

sequences. LP ﬂ h whereqtihe o A1 sSbards fian Terleg@iicias’ dm
speci fic al ggbrgggél Ity dgé?‘gn?ﬁrco%é (()jék O'Il:héLscodebookl rI'r)a cont ai N m)reso;i

| ess vect or sdehtiveeactPdaa®dt haSNE2RBAREh ddtor dPhGYVEBUR niiert B °n
sanples . AgapRahact @hed SCHPcdhe excédatt b vedébayandntihegain 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+ 1is 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-az)/
(A(z/ A))

to find the excitation signal which can be applied to the

30

synthesis filter. Note that the interpolated LP 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 1/2@)



excitation sanples are filtered by the long-termsynthesis fi
short-ternlant%esis filter. The "optinunfgvector ?s selectehlgﬁzha?ﬂaﬁ t he
per cept uaVPP WYl ed mean square error is nininized. TRETERARAYIdcess in
CELP is evident fromthe analysis-by-%@nthesis schene illustrated in Fig. 6
. It is to be noted, that Fig. 6 only illustrates an exanple of an -
anaIyS|s-by3§ynghg§|%éﬂ%?ﬁﬁﬁyﬂiiﬁ@ pybathmeaksmpheal |£indte g i FHEHI 0 t he

structure shown in Fig. . In CELP, the long-term predictor i ft
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based on the LPC filter, thus the per t [ [ -
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_ _ 02PPLigch 49 £be webghbed) sbgnal 2 Ak Bheedpeodévelihe excitatio
signal is obtained by filtering the decoded weighted signal through a on
filter consisting of the inverse of synthesis and weighting filters. A

reponstructed TCX target. x(n) be filt h . .
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LPC 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), i.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 signal is generated at line

25 784. Note that the prediction efror 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 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 further comprises an
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conprises a.re . . :
P fragggdfggg 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

excitation frame.

The overlap and add combiner 86 can be adapted for
‘combining overlapping prediction domain frames such that an
20 average number of samples 1in 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 ,overlap/add combiner™ there
may in embodiments optionally be an ,excitation recovery",

30 which 1is indicated in brackets in Figs. 8a-c. In
embodiments the overlap/add may pe 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 of an audio
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: g introducing transformer 84 can
gdapped for transformng the prediction donain frame spectra to the ??ne
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I'n Fig. 8b. In the émbodimeés égpiggégdihangécﬁgt%Hé1fﬂégksga'c'
15 time-aliasing introducing transformer 84 further comprises
a processor 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 is
adapted for applying the windowing function according to
20 the window sequence information. The event may Dbe 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 rectangular
window, in which the window sequence 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 1in 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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edge par%l AN ehs Ll band B4 saedeaadaptgde-in part and the
falling edge part can be considered as a fade-out part. In
15 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 request from the
20 arithmetic decoder a number of guantized spectral
coefficients, 1lg, which is determined by the mod[] and
last_lpd _mode values of the last mode. These two values may
also define the window length and shape which will be
applied in the inverse 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 overlap part of R
samples. To obtain an MDCT window of length 2*1g, ZL zeros
can be added on the left and ZR zeros on the right side.

30 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
0 1 320 ., |1e0f O 256 | 128 96

Value of
last_1lpd_mode
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(t:)orrprl ses a rising edge part between the first zero part and the second
thags part and falling @dge part be }féyeen t he sepoﬂdmypass part and the
ird zero part. {The rising edg@épart can al so gons red as a fade-in
gﬁ{)t dand the fallli ngMgggm-pdnt 4an be Wnsi dere #@gé‘ out part. In
o] |m=3nts?Ka zg second bypass part rramcorrprZBeLaétseqﬂetnber ones for not

nodi fyi ng t | es of the
szwemme,sf"“f{zgmcit'hmr?‘f d@herip‘kghhnjgreﬁngrds the

MDCT- based TCX
quanti zed spectr coefficigents, 1g, whrch |ledeﬂéT1¥ﬁ+n6é’b§/ tthe nod[] and

Embodiments may provide the advantage, that a systematic
coding delay of the MDCT, 1IDMCT respectively, may be
jowered when compared to the original MDCT, through
application of different window functions. 1In order to
10 provide more details on 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. 11l.
15
The systematic delay considered hefe, is the delay a sample
has experienced, when it reaches the decoder stage,
assuming that there is no delay for encoding oOr
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
be started. As explained above, in order to decode the
sample 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 sample 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



| ast _| pd_node val ues of the | ast npde. These two values may al so define the
mﬁndomllength and shape which will be applied in the inverse MDCT. The

wi ndow ma¥YOR81MYMIdsed of three parts, a |eft side over PGFFEROR/0ND| es, a
m ddl e part of ones of M sanples and 3 right overlap part of R sanples. To
obtain an MDCT wi ndow of |ength 2*lg, ZL zeros can be added on the left and
ZR zeros on the_right side. The followi ng table shall illustrate the nunber
of spectral 'effiddi Mt §8NECFuRt i BheofSacand | pindede ARG rf]df viewone
enbodi nent s:gitepHVDEFomi Rethew i Sp gi Memrilay. QﬂWHh&mifhLﬁ%&%ﬁmkgtiﬁi%%?dthL
n<ZL +L W ()= 1 for ZL +L n<ZL +L+M WWn R %ﬂ' - L- or +L+M <n<
LM AR 0 g Rk S P R0 Her TR MRy o ol G £76 BAvEREAGHNSBhat
a systennti cauhrgd dad ayhefstdee MCThde DMOT wispewsi vel yhe naygcberdl owewed
when conpar t rd ol MYCTe s & hr plicaft] f different window
functiogg. ﬁﬁu%ﬁaéﬁﬁth%g%O?ﬁe nnr%&%épgygghiﬁ %%%séggggﬁ?%g%? %f%?slﬁf _
shows four Vil nRREAere ekt chft hef Wisdowse hatvet feqropreshoved dbwgy2Aemat i c

delay in ting unbtged basedison t¥mdi t ,9nabyt riangw a5, shapedqwi ndpw pge

functions used with MDCT, which are shown in the second view graph fromthe
top in Fig. OOpMendy 13t 3T BEPAY 8n¥ider 8§ rdree PLiox el aydavsanpl e

has experi emes@dverenid o emiohas idio Qﬁ‘?‘]ﬁ@&[néfa'ig@ailﬁ&%éﬁicﬂ%éf%; &}Itslﬁéﬁ is
no del ay,for_encoding or. transmtting the sanples. In other words, e
syst ena Pc %§Fa§m§h5%§4%$q§%}e'll considers the encodi ng del ay evoked by
accunul ating the sanples of a frame before encoding can be started. As

expl ai ned ahave,eHdy OfdEds! Ot HECRAR RS 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 demonstrate the systematic delay that a sample
experiences until it reaches the decoder. In other words,
an overall 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 used in the AMR-WB+ codec, replacing the FFT.
Therefore, the windows will be detailed, 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 1is labeled “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



sanple at T, the sanples between 0 and 2T have to be transformed. This
yields a s&stemati c delay for the sanple at T of another T . However,
before t MO hort1y after this sanple can be deco8&HFEPFP/PHES sanpl es
of the second window, which is center¥d at 2T have to be avail abl e.
Therefore, the systematic delay junps to 2T and falls backto T at the

center of the second window .The Lhied-yiewgraphhtr escbhe bgpaiss Bagt 11
shows a seq%eeﬁ%ep%]ftwy\ﬁn}pow %h@?l i

) ons as provide an ,enbodi t oalde can
be seen whemMtonpheedatld ifige &€& ePEF It h artaﬂgngéﬁs%hnl?ﬁekgggoﬁgr&i ew
chart fromdhe dopin Ehe. nliddiatot hereyeehappisagrdrsascat bhe tReHCEEh o

part of the w ndows have been reduyced 20t h Sy tshenpweaadow
functions uskeniwsing ERBoHDirdnt é“’lg‘zﬁ'ree 2%‘ r%ua%b%g (\?\Arfdggg the prior, art

wi ndows 5 hopgyerthavergr f igist ey o qiardredrad &ashined Fee6 ST wWi<h =
becomes predictable. In,ot h,gr wg%g% t he decoder already knows that there
is a third REFerpartCARU T her &Fore flcodi ng can be started earlier,

encodi ng respectively. Therefore, the systematic delay can be reduced by
2Dt as is shown at the bottomof Fipg- 11+ MnioRher words, the decoder does
not have to wait for the zero parts, which can save 2Dt . It is evident
that of course after the decoding procedure, all sanples have to have the

sane S%IS& en%gi gogghggd fherMeewrana@hsm gobieg. lebojthstfodeMdlsStrate the
systenat1 c dél ay at a sanple experiences until it reaches the decoder. In
ot her words, an overall systematic delay after decoding would be 2T for the
prior art approach, and 2T - 2DiT fsorLfhet Windows2in the enbodinent . In the
foll owi ng an enbodi nent will be considered, where the MDCT is used in the

AVR- W\B+ codec, replacing the FFT. Therefore, the w ndows wll__be iled,
according t@ig. 13a illustrates at the top a view gra%% of an eégﬁﬁié

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, TCX20, TCX40, TCX80, TCX20, TCX20,
ACELP 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
25 ACELP frame follows a TCXx frame, similar windows are used.
If a TCX20 or TCX40 frame follows a ACELP frame, then the
left overlapping part can be neglected, 1i.e. L=0. When
transiting from ACELP to TCX80, 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 basic 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 soon 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 table for the conventional



Fig. 12, which defines "L" as left overlap area or rising edge part, "M
the regions of ones or the second bypass part and "R' the rlght overl ap
area or tWO2PHI34Y edge part. Mreover, the first zer oPSAEFPEHE/PH13 d zero

parts are considered. Therewith, a reﬁi on of in-franme perfect
reconstruction, V\/nich is |labeled "PR" is indi cated in Fig. 12 by the arrow.

Moreover, " hyd RfH.Cates i Ay fhthele of ;& heyd ﬁﬂf&ﬁwacor e
o he n%r%b qf o ??

whi ch corresponds requenc mai n sanp . ha
t he nunber &fiahilhghdedai nm%fser%\hl chnér‘téaé@rrpr@?@d ofa \rﬂantage of

FirstT/EP20QIAQRAGER 33 29F 0 PREL, & ddSi Ngnedgeipalt ik, Wiicrsecend
bypass part "M, the falling edge part "R', and the third zero part.

Ther ewi t h, W@r#@r?@é-rngofaﬁ??%ql}énc‘?x%%%?‘és SUGR beN? BdGEEF WRIE sf"h‘éjl"tlﬂe

MDCT, whgr e dahe baurhe iek foaueney Ssaadresy faid tiee Fffre@ﬁerw}e téspoese
cosi ne transfor rete Cosine Transfar

conpar ed toOFheTtr}eans“de“rq%"(:odb? | SREERVESY I\/ﬂ(lffl%g ]Tﬁeé)mq\/l +Cﬁazlc"ﬁ'by 13a

i Il ustratessamptilimgt.op a vi ew graph of an exanpl e sequence of w ndow

functions for AMR-WB+ . Fromthe left to the right the view graph at the
top of Fig. 13a shows an ACELP franme, TCX20, TCX20, TCX40, TCX80, TCX20,
TCX20, ACELPFramd HGELFabIteagotthad PohEoBhews Ritte Zetd- i ApGeNr &¥hotRen as

al readY1@es%@1‘aQedoﬁP9veforAt ATdﬂPbot:Eon‘T@}f( Rihnslida der @nl Sodebabha Ofs
paraneters for the different w pd O\g garts where in,this _enbodi nent the

left overl apRitA@I&eC ort the PPV ngo&dddisar 229581 aReh >Ry FoB fA¥Me
fol | ows anotcharit@Xx dampkindhes arhACHdY .fraoe &alll aexa TEXTCKxane;x”

L mnndo 1c%%%susggy frame duration) transitions the transform
length T is equal 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 seen that an overhead of 128 samples is produced. Since

25 the left side of the windows does not depend on the length
of the previous TCX frame, the table shown in Fig. 13b can

be simplified, as shown in Fig. 14a. Fig. l14a shows again a
graphical representation of the windows for all possible
transitions, where the transitions from TCX frames can be

30 summarized i1n 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 tb sample 512. The rising
edge part is between sample 513 and 640, the second bypass
part between 641 and 1664, the falling edge part between



If a TCX20 or TCX40 franme follows a ACELP frane, then the |eft overl apping
part can be neglected, i.e. L=O Wen transiting fromACELP to TCX80, an
over | appiW§ PHHSBE 1=128 can be used, From the view gr EpWEPRO®PRGH 2 e in
Fig. 13a it can be seen that the basit principle is to stay in non-critical
sanpling for as long as there is enough overhead for an in-frane perfect
r?ﬁonstrugtle%l and &W}Stz;h thee cthikdalzeganmamy betweoem 439p0881hl%304n

ot her words.. t ir TR ; fradmem i R
noncritical Wﬂ?gga#ﬁsg%cvﬁ t%gtggé raesent a%%%%%?%%ﬁtg%?n t{ he ti’ball@o\lﬁ'z1 ;QO\XMhet
the bottom ptefSegt ¢Bhpdinengi PBEAekéBS WOMR iNe SFEW &5 &lfe ttré*ﬁseg]ofr&e he

convent i onal AVR- B+ as. depheyedidiia il Osakglase hicghlriaghigedko Thaehiagidight ed
parameters I ndicate the advantage gf enbodi.ment.s of_the resent | nvention,
in whi cth t heesgeiPhpping thted 174 eXPBAYR asl&(?‘r?lt“rgatz%r?eosg- O?glle Fadi g’

_ ading can
be carried QubaBRr 6 $MBRkeenansamhpee §r exilienandr e6pbnse .ef. thethinddwe s

irrprpved, whi |l e keepjng criticall anpl ing, Eramd tt om
of Fig. 13a*i#fEdn e@@%e@ﬁ,r%t ﬁﬁt%nn lyn?o?C%&EPqE_oli}%XE??g%?fi Oplﬁ}h?r?%ﬂ
over head i stintr oduedd, alimsiond yzéoe ehitendsarkstiesn TsERple 4665 and
noncritical li.ng, i chieved, o F Il X £ OO Eanp1b8di pakes an
frame durat FZ%?Pt rlé%s'i tsclrgens ﬁgeﬂt] a%gi?%r r%a;%ngt hOBI' ips et%aafD t(g)'t he.nﬁcncge?/

of new Yrf ebel fimsgonseracredtsanst eshei 111G | EPEQI PSdipl iTRFTS achi%ved.
Fig. 13b il dSLLatges iagt sk Wihdrer pehiedlt rescesentatt Dns ob aldabdiediowns

i T eady | ndPEAYEEn] ASTRASt R80T BADY Pla,t e "TARE part EXSF thE widous
does no | ongerrdepmnmheonihbecheadt tbof thepratitars TCXef rends The sprapi cal
representat%28§ b@f%ggén%4%p%kggss@?@s%h%ath respect to the samples of
15 the rising edge pért between 513 and 640 of the TCX80
window. One option is to first discard the samples and stay
with the ACELP frame. Another option is to use the ACELP
output in order to carry out time domain aliasing
cancelation for the TCX80 frame.
20
Fig. l4c illustrates the transition from any TCX frame,
denoted by “TCXx”, to a TCX20 frame and back to any TCXx
frame. Figs. 14b to 14f wuse 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 frequency 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



critical sanpling can be nmaintai ned when switchin i

frames. For 2TC)/( to ACELP transitions, it can be sgege: \r,:g'?nagl ](c){/gﬁggd-rg?(
128 sanpl %O WWABHBYuced. Since the left side of the wi nESTEPIYEYET depend
on the length of the previous TCX fralfe, the table shown in Fig. 13b caﬁ be
simplified, as shown in Fig. 14a. Fig. 14a shows again a graphi éal

representation of the w.ndows ; -
transition®sr8 @yf‘r@al%%s. Cg&@[}ea&arﬁ)@ﬁt_sir%e_ﬂrroa(nsa‘cems,tama}ce(aqqea

_ _ fre sunmarized in o F OW. . Fi .
i | lustrat es:_utﬁ@ﬂenansmwipw r OR3 WCEPP t‘bs%éT@@O ﬁd%\ngi ﬁﬁlrjrggg%égt ailrl The
view chart in Fig, l4gsshows bbe Jusberrofn s@inpl esidn the absTingsacdAg t he

wi ndow functi®on on the ordi nate. nsi.dering the i
Cera part remchess o S 6 O Soeadde Sia" e 1 erasr St parroes |

bet ween csamyl & S43c1nd €499, &bheasecdHndpeypass paecopetRBER1BAL E%%Ejr?[ém,
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L equency. 2o é}g‘&%% lseél?%AEfQﬁgiﬂgoﬁ_ofEBﬁ ahgvecsesaethpbiwonp THESOI e
alia of e present wi ndow i s between sanples 513 and 640,

i.e. wthinahpeTCXsi ngnadde part extendin =
. . eTe? g across L=128 sanples. A
tinme daﬁpln al i asi ng zone extends between sanple 1665 and 2?92, i.g?tPﬁ;

falling edge part of R=128 sanples,,Due tq the fir e ey

. . 3 e .

third zero parsumiRsyYe t$% ’?fgﬁ‘al 148 ﬁa %onsglovb{fergﬂa%rﬁgg?%r eggﬁgﬁlu tion
i s enabl ed bggyegn reanplie GMOCENUiA664sOfi ssiaderaus 0248 FATRLES 148 R

ACELP frame_indjcated by the .L.pe S ; | i
options ari §eFwFbf F@?ﬁegbeflog?%égggr&r%laesﬁg& ﬁ%teEL??angcggg-e’ ?ad:?@lro'g?\t/\reen

513 and 640a0fkLPhe TCX80 wi ndow. One option is to first discard the sanples

and st aye
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
25 TCX transition the zero-input response (ZIR = zero-input
response) 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



with the ACELP franme. Another option is to u [

: E. ot he se the ACELP output in
carry oupwtlne %ogaln_a!|a5|ng cancel ation for the TCX80 frage Fi Orfig to
i11ustrat¥9AHABP4nsition fromany TCX frane, denoted BQTﬂﬂ?%ﬁmo“S% a

TCX20 franme and back to any TCXx framd. Fi
: : : gs. 1l4b to 14f use the sa [
graph representation as it was al ready described with respect to Fig? thw

In the center around, sample 256 in Fi j ; . :
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T s R e g o O s cort ooy
_ ) i pe. ith -
reconst r uctdoomrJar| #d thyf %@%epﬁﬁéfk6fr%Tﬁcgr§¥1g??%ﬁ%éa; gég%gﬁfigg?hgll

TCX wi ndows. gre Lra28rand flidndth abt 1abRi mpyedoe papts F28erPhRI OF

recedi TCX f ; .
\F;\hen t Ir gﬁsi gm%gro?rggagic\éﬁ::gla} gjsﬂ%](EB]égg%‘gW% T§2<Rf Fn%RyE%éme@mﬁeany asl ze.

oo : : _ I fferent wi ndow nay_be. use it

i ndi cated i . 14d. . .be Be@ : qg%d I'S
it ?%5%2' io fﬁ$ Cgﬁégg&a gah;jigzzgy$ 148 p¢§F¥?51ﬁ8.egb par t
perfecﬁi}ecBﬁg??ht%?%h BREDoEETRARS apped extés, ahtieuariog ohe

ct* 1 g. 14e sho [ j
F{an5|t|ng ZIBnmACEQQ;tGhﬁjﬁﬂﬁeﬁéktaésaﬁSFﬁzra S-m4§gd¥$g$&g%$@aeM&w
kﬁLgstra}esligg E&f@éhihgﬂtﬁéoéhéanTfﬁﬁ ACAOBWWE0dDPEX80 t 0 any TCXX
f ow. In summary, the Figs. 14b to f show, that the overlapping region
or the MDCT wi ndows is always 128 sanpl es, except
Summarizing, embodiments of the present invention provide

15 the advantage that critical sampling can be carried out for
all TcX frames, when a TCX framelprecedes. As compared to
the conventional approach an overhead reduction of 1/8°%"
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 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



for the case when transiting from ACELP to TCX20, TCX40, or ACELP. Wen
transiti n\% fromTCX to ACELP or from ACELP to TCX80 nul ti El e options are
possi bl e. PROYAREbodi nent the wi ndo sanpled fromt heP 2 me my
be discarded in the overl apping regi off. I n another enbodi ment the w ndowed
sanpl es may be used for a cross-fade and for canceling a tinme domain
aliasing in_the I\{%)C]I S e t | assh A(FLEL saepkes one t he
over | appi ngp]f%%ﬁ:%n. fa%%égt %fi%?éingggiamf%, aécér 0SS- ol\é}g f adi n y Ot%e
carri ed outofii theutnvgntdvengetheods i epneli® SPPRYFRY. PFRIFAE %&E%P to TCX
transition hgoﬁﬁﬁgéi:nput response (ZIR = zero-input response) can be
renoved at the encoder for w ndowi ng and added at the decoder for
recovering. In the figures this is indicated by dotted lines within the TCX
wi ndows follow ng an ACELP wi ndow. In the present enbodi nent when
transiting fromTCX to TCX, the w ndowed sanpl es can be used for cross-fade
When transiting from ACELP to TCX80, the frane length is | onger and nmay
be overl apped with the ACELP frame, the tine donmain aliasing cancelation or
di scard nethod may be used. When transiting from ACELP to TCX80 the
previ ous ACELP franme may introduce a ringing. The ringing may berecogni zed
as a spreading of error comng fromthe previous frane due to the usage of
LPC filtering. The ZIR nmethod used for TCX40 and TCX20 nay account for the
ringing. A variant for the TCX80 in enbodinments is to use the ZI R nethod
with a transformlength of 1088, i.e. without overlap with the ACELP frane.
I n anot her enbodi nent the sane transformlength 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



transition, with zeroing the overl apped area and using the ZI R nethod. The
ZIR part is again indicated by the dotted line follow ng the end of the
ACELP mﬁﬁﬁgﬁ?ﬁ§WWﬁérizing, enbodi nents of the present i%§€ﬂ¥?%ﬁmB¥B@ide t he
advantage that critical sanpling can Be carried out for all TCX franes,
when a TCX franme precedes. As conpared to the conventional approach an
overhead reduction of 1/8 th can be achi.eved. Mreover, enbodi ments provide
t he advantage that the transitional or—&@éﬂﬁapping area between consecutive
frames may al ways be 128 sanples, i.e. longer than for the conventional
AMR-WB+. The inproved overl ap areas al so provide an inproved frequency
response and a snoother cross-fade. Therewith a better signal quality can
be achi eved Iwi t h Arheuwlier sincatrndi WY adppledofoy preeessd Dependi A§ 8n

certain ynpl ement é%or SO F SBN 192 P e & oL VN A V81 88T PPgisest honkR¥eAt | ve
met hods can be inpl énented in hardware or in software. The i nplenentation
can be perforned ausifF@ne dicmPAL sGr ge "WEBREM Ofn paFei cHPRR1Na APEe° a
DVD, a flash nen%@ﬁpmégg(azﬁﬁaﬁgmhﬁiectronically readabl e control signals
stored thereon, which cooperate with a progranmabl e conputer system such
that the inventive nethods are performed. Generally, the present invention
is therefore a cenpubekdioagrvam prodict w Bhadypisgr astegde std2eéd ohoa

machi neq peadabl € L3I&l 1 dd'S HANAN o8, Deldge OPRLAL£Go1 Of DERERLEL DO
the inventive methods Wwhen the conputer program product runs on” a conputer .
In other words, tfHdtienvemd e peedbdtianedonpépefopae Pas@thuarerdr H5rEM

having a program.gode diqy Reffiydrng at least one of the inventive nethods
when the conputer programruns on a conputer.Clainms 1 . An audi o encoder

(10) adapted for encoding franmes of a sanpled audio signal to obtain
encoded frames, whergimkt-aliasing introducing transformer (14) for

15 transforming overlapping prediction domain frames to
the frequency domain to obtain prediction domain frame
spectra, wherein the time-aliasing introducing
transformer (14) is adapted for transforming the
overlapping prediction domain frames in a critically-

20 sampled way; and

a redundancy reducing encoder (16) for encoding the
prediction domain frame spectra to obtain the encoded
frames based on the coefficients and the encoded

25 prediction domain frame spectra.

2. The audio encoder (10) of claim 1, wherein a
prediction domain frame is based on an excitation
frame comprising samples of an excitation signal for

30 the synthesis filter.

3. The audio encoder (10) of one of the claims 1 or 2,
wherein the time-aliasing introducing transformer (14)
is adapted for transforming overlapping prediction

35 domain frames such that an average number of samples
of a prediction domain frame spectrum equals the
average number of samples in a prediction domain

frame.



a frame conprises a nunber of tine domain audi o sanples, conprising: a
predi ctive coding analysis stage (12) for determ ning information on

coef fi ci aNO20WN003493yNnt hesis filter and a prediction donRCH/EPR@EIM049aSed on a
frame of audio sanples; a tine-aliasi4fg i ntroducing transformer (14) for
transform ng overl apping prediction domain franmes to the frequency domain
to obtain prediction donmain frame spectra, wherein the tinme-aliasing

i ntroducing transforner (14) is adapted for transform ng the overl appi ng
predi ction doemui Ahier @aebid nercederi da0)ysefipdre wdy ;thendechaivdudddicys3,
reduci ng encoder wgé?laiRorth%n%qmeﬂ%ﬂi%%iwgecyr&tﬂc%cdiml&Jﬁ@f@mﬁ@@w iato
obtain the encode rames based on the coefficients and the encoded |,
prediction donai ASfrafgaPspdct Far stranpEcHRENY HEVEHEIPRIDY JFrefirhian,
wherein @ predi CHoRA i domdiahdy af-d S hagedo 08 aBdexaleldatd it fdttdecosine
conprising sanples of an e20|t§Bion signal for the synthesis filter. 3 .
The audi o encodefFT@REEFOSM SHECSF “the clainms 1 or 2 , wherein the
time-aliasing introducing transformer (14) is adapted for transform ng

over | appi ng_predi¢ction domain frane ch gh ancayera er qof sanpl es
of a predicPtion Egﬁaﬁﬁ Cane S pett r %@Zqﬁ§$§g%%eogvé$§bgghg erﬁogxgéﬁbles
in a prediction dbemeanf theetitme-aliesdudi ¢ ndrostering Mragfs onenet he)

cl ai ns to 3, ghel Bathe ti geaabl,ashngel DEepdugi g tgapst hikd4)ai s
adapted for trané?o?n?ns ovgrlap%?ng p?ediction dgna?n frané@ﬁgﬁ%%r%iﬁz to
a nodi fi ed di screfedeyinge function™ to overlapping prediction domain

frames and a converter (18) for converting windowed
overlapping prediction domain frames to the prediction
domain frame spectra.

15
6. The audio encoder (10) of claim 5, wherein the time-

aliasing introducing transformer (14) comprises a
processor (19) for detecting an event and for
providing a window sequence information if the event
20 is detected and wherein the windowing filter (17) 1is
adapted for applying the windowing function according

to the window sequence information.

7. The audio encoder (10) of claim 6, wherein the window
25 sequence information comprises a first zero part, a

second bypass part and a third zero part.

8. The audio encoder (10) of claim 7, wherein the window
sequence information comprises a rising edge part
30 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.

9. The audio encoder (10) of claim 8, wherein the second
35 bypass part comprises a sequence of ones for not

modifying the samples of the prediction domain frame

spectra.



transform (MDCT) . 5 . The audi o encoder (10) of one of the clains 1 to 4 ,
wherein the tinme-aliasing introducing transfornmer (14) conprises a

wi ndowi ngwbi2btoann34917) for applying a wi ndowi ng functi onPCo/EPz@9I0849pF Ng
predi ction domain frames and a conver4ler (18) for converting w ndowed
over | appi ng prediction domain frames to the prediction domain franme

spectra. 6 The_audi o .encoder (10) _of cl ai .. Wherein the tinealiagasing
introducinglprang?ﬁrﬂﬁgl?13?c88%ﬁrP§e§n§ ﬁggk§§§ﬁp §1§Pf%n "R dd %n
event and for prprediagiaewceddwasespehgei s nsoamet | @R)i fis hadapert ior

det ect ed and whefej he. Wi n i ' (A7) d Ne]s phyi t he
w ndow ng functiéﬁkggéggﬁﬁﬁgqgg{¥h£%5é$cﬁééé%ﬁe§g§ ?ﬁ%g&%&gfgﬁg'ﬁggg%e
audi o encoder (10h» binedai prédicthEeecedihg WiLE§ow sequence i nformation
conprises a first zero part, a second bypass part and a third zero part. 8
. The audi o_encoder (10) of claim7 , wherein the w ndow sequence

i nf or mati onlEenmpFh8edudin SHPRIgeCharNhetheehaiRe i rs? 28y o Iyt ednd
the second bypassomgrisangd a fabiépgordamdridr bet Beerrdheese68n8gbypass
part and the third %ero. art. 9, Thg audi o encqﬁer (10) of cliin18 od
wherein the secoAtCBYPEEL" pafPMebAprisdies e bt HnES eASEefgene

nodi fyi ng the saoplielsook the poktadhi oa dewdebobkanmenspeledr apredicthienaudi o

encoder, £f one o i 0 9, wherein the predictive coding anal ysis
st age efg) IS ad%%ﬁ%gﬁP§¥§%%ternining the information on the coefficients

based on linear predictive coding (LPC) . 11. The audi o encoder of one of
claims 1 10140, +8&tH€fio encoder (10) of claim 11, further comprising

a decider (15) for deciding whether to use a codebook
encoded prediction domain frame or an encoded
15 prediction domain frame to oJbtain a finally encoded

frame based on a coding efficiency measure.

13. The audio encoder (10) of claim 12, further comprising

a switch (20) coupled to the decider (15) for

20 switching the prediction domain frames between the
time-aliasing introducing transformer (14) and the

codebook encoder (13) based on the coding efficiency

measure.

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

steps of

30 determining information on coefficients for a

synthesis filter based on a frame of audio samples;

determining a prediction domain frame based on the
frame of audio samples:;

35
transforming overlapping prediction domain frames to

the frequency domain to obtain prediction domain frame



conprising a codebook encoder (13) for encoding the prediction donmain
frames based on a predeterm ned codebook to obtain a codebook encoded
predi cti oNOQorméioBdfir ame. 12. The audi o encoder (10) of eCaiEPeM®/ 004005t her
conprising a decider (15) for decidi g whether to use a codebook encoded
predi ction domain frame or an encoded prediction domain frame to obtain a

finally encoded frane based on a,codi efficiency neasure. 13. The audio
encoder (10) of TPSFRFA2 1T (i { REHECEAIMYSPAGLA oW 1% (265 oEBEPEd Tid he
deci der (15) foraswasthgngahble prediction domain frames between the
time-aliasing introducing transformer (14) and the codebook encoder (13)
based on the coding efficiency neasure . 14. A nethod for encoding franes
of a sanpl ed audéncsigngl the pbediatépvodenafinafesmenspesitraa thor aipbain
conprises a nunbgg,o0 i d%@%@é i appl C ES] e e f
deternig%ng inforn%t%ggbggp coet f%?%%?%éfgg §§§§ﬁ?ﬂ££f§é???%€raggsggmgn a
frame of audio sempresd peeediatAPRgdampiBdfEEMEnSBEREIA-frame based on the
frame of audi o sanples; transform ng overl appi ng prediction domain framnes

to the frequency donmain to obtain predictign domain franmespectra in
critical | y-bampiAd REPRHEEFodUT PG EF me AAVIRG ngd aRd SAHERHi g e £OF
predi cti on domaipeffaneisgechea rotlohd abfi tdile iencbdded wihreanmeshbapaedgaant he

coeffiqkpnts anqm%mg_ggggdgg Qrgg&é%%gpfggnggg?ggggg-spectra. 15. A

conput ér  program having a program ormng the method of claim
14, when the program
16. An audio decoder (80) for decoding encoded frames to

obtain frames of a sampled audio signal, wherein a
frame comprises a number of time domain audio samples,

15 comprising:

a redundancy retrieving decoder (82) for decoding the
encoded frames to obtain an information on
coefficients for a synthesis filter and prediction

20 domain frame spectra;

an inverse time-aliasing introducing transformer (84)
for transforming the prediction domain frame spectra
to the time domain to obtain overlapping prediction
25 domain frames, wherein the inverse time-aliasing
introducing transformer (84) is adapted for
determining overlapping prediction domain frames from

consecutive prediction domain frame spectra;

30 an overlap/add combiner (86) for combing overlapping
prediction domain frames to obtain a prediction domain
frame in a critically-sampled way; and
a predictive synthesis stage (88) for determining the

35 frames of audio samples based on the coefficients and

the prediction domain frame.



code runs on a conputer or processor. 16. An audi o decoder (80) for

decodi ng encoded franes to obtain frames of a sanpled audio signal, wherein
a franme cSOPRP10483494 nunber of tine domain audi o sanpl esPCEEPRIOSHI4EGS a
redundancy retrieving decoder (82) fot decoding the encoded franes to
obtain an information on coefficients for a synthesis filter and prediction

domai n frang,;spegfLa; aé&'an&ééS%é'k”?(@t?i asyAg i {pducs ng S ansfer il (84)
for transformng the preél ction domain frame spectra to the tinme domain to
obt ai n over| appi Ayepi sy edforcompdner f r Bfds, ivheprepRteAe faverabining

time-aliasing inpedushpentr apséas 8B oh84domsiRdapt &de §or sgleh ertidd Nthn
over | appi ng prediction donghn frames frlom consecutive prediction donmain
frame spectra; afvebiePPaprRBETcBhbPABPLESG) Y Gr PEGHHiS BV A i ame
predi ctimpn domai aghaasesard caobiage aupbed cif osadpldeisn i age gueddiction
critically-sanpl gd vay; fand a g(reggirgitni ve synthesis stage (88) for

determ ning the Anes of “RadP sanpl és based on the coefficients and the

predi ction domain frame.17. The audi o decoder (80) of claim 16, wherein the

aver | apladd; gorbyfer A(80) L3 cBHRR! Q80h Ol U M AG Y CEh 3RRLNG ePladiet | on
domai n franmes suc tﬁat an average number of sanplées in a prediction domain
frame equal s an @Wherage nufber ofinsdiii%es i himepridpeingn démdine

tSEeC_trqm 18£_ Th@r%ﬁ'@f@rﬂ@_ﬁOd@Bé { 8Qis0I a@ﬁﬁ%c@ﬁ th@rgzj%ir%sifgr‘ﬂ{in 7% ter ein

e | nverse | ne-all asln I Nt roaducl ranst or ner S apte or,

Lransf orm ng. t hePPFLHTEL B AR AramE SIRCETE 1 & 4 hENEi nefomdonein
according to an inverse modified discrete cosine
transform (IMDCT).

15 19. The audio decoder (80) of one of the claims 16 to 18,
wherein the predictive synthesis stage (88) is adapted
for determining a frame of audio samples based on

linear prediction coding (LPC).

20 20. The audio decoder (80) of one of claims 16 to 19,
wherein the inverse time-aliasing introducing
transformer (84) further comprises a converter (84a)
for converting prediction domain frame spectra to
converted overlapping prediction domain frames and a

25 windowing filter (84b) for applying a windowing
function to the converted overlapping prediction
domain frames to obtain the overlapping prediction

domain frames.

30 21. The audio decoder (80) of <claim 20, wherein the
inverse time-aliasing introducing transformer (84)
comprises a processor (84c) for detecting an event and
for providing a window sequence information if the
event 1s detected to the windowing filter (84b) and

35 wherein the windowing filter (84b) 1is adapted for
applying the windowing function according to the

window sequence information.



according to an inverse nodified discrete cosine transform (IMXCT) . 19.
The audi o decoder (80) of one of the clains 16 to 18, wherein the
predi cti weoygmtdoe®ils stage (88) is adapted for determ nipag/ER26mam1df audi o
sanpl es based on linear prediction coding (LPC) . 20. The audi o decoder
(80) of one of claims 16 to 19, wherein the inverse time-aliasing
| ntroduci ngy} T anslQr G (8L LUELNA G OMY 1GES Gr CORYCENEnGEED) 0%,
converting prediction domin Prane spectra to converted overl apping
predi ction donaiwhérehes taed windadoweqpdnde ednf@spption apphyrhged a
W ndowi ng functipgn g0 &QEOCBMEUsdse&shhaagb@gspgg@tctaln@ ARy fAames to
obtain the overlapping prediction domain franes. 21. The audi o decoder (80)
of claim?20, whé?@Fh-the inverse tine-aliasing introducing transformer (84)
conprises a processor (84c) for detecting an event and for providing a
w ndow sequence jnformation if the nt .is,detected to the w ndow n
filter (84 gandT%e?‘g? Otﬂﬁcﬁﬁjﬁﬁoéﬁﬁg PE Fé?l%gg) WOSTEAD: &hS 8’%“{9%5'1 yi ng
the wi ndow ng f usnedquemcacfardhag tomprd ssisndow setpgnedgenpartatietnez2  The
audi o decpder (8 eo%iggg .%r%h %h?' dzghgréékoﬂguggﬁg%%h aF{”QBW a
sequence i nformation conpri ses Fi7st zero part, a second bypass part and
a third zero parfallP®y FHgeapdind deiodesn (80F cfecsng nvPRasshepErn anige
wi ndowjgequence fiik thef - §OoPPFSHSESra. i sing 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.

24. The audio decoder (80) of claim 23, wherein the second

bypass part comprises a sequence of ones for modifying
the samples of the prediction domain frame.

15
25. A method for decoding encoded frames to obtain frames
of a sampled audio signal, wherein a frame comprises a
number of time domain audio samples, comprising the
steps of

20
decoding the encoded frames to obtain an information
on coefficients for a synthesis filter and prediction
domain frame spectra;

25 transforming the prediction domain frame spectra to
the time domain to obtain' overlapping prediction
domain frames from consecutive prediction domain frame
spectra;

30 combining overlapping prediction domain frames to

obtain a prediction domain frame in a critically

sampled way; and

determining the frame based on the coefficients and

35 the prediction domain frame.



24. The audi o decoder (80) of claim 23, wherein the second bypass part
conpri ses a sequence of ones for nodifying the sanples of the prediction
dormai n f NREER01020349A et hod for decodi ng encoded frames POTEPR@Mf0AAmes of
a sanpled audio signal, wherein a fratfe conprises a nunber of time donmain
audi o sanpl es, conprising the steps of decoding the encoded franes to
obtain an ifgor I (o] [ clent thesis filter _and prediction
domai n fran%éépg%tF§&p8?§%s$%$%ﬁ%ggtégggég i?%ﬁb eoﬁ%f%l??aﬁgesﬁggi<ﬁfto
the time domain @6 cbidEi™' 28ver VABPI ngh®r edimnytorr demmigrafir amessf ram a
consecutive predishb@fe HOHRI PrbeagBospectra; conbining overl apping

predi ction domain frames to obtain a prediction domain frane in a
critically sanpled way; and determ ning the frane based on the coefficients
and thesprediction domain frane.26. A conputer program product for
perform ng the nmethod of claim25, when the conputer programruns on a
conput er or processor.



