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WO 2008/151755 PCT/EP2008/004496 1 Audio Encoder for Encoding an

Audio Signal Having an Impulse- like Portion and Stationary Portion,

Encoding Methods, De- coder, Decoding Method, and Encoded Audio

WoigiH 51%Becification The present invention relates to sourRETEERAMEG 046

particu- larly, to audio source codind, in which an audio signal is 10

processed by at least two different audio coders having dif- ferent coding

algorithms. In the context of low bitrate audio and speech coding technol-

2o sEpaedaricfon ERRRfiad Adudsriice Bianrphalipvingean Impulse-

QAR VEskit ias e mitda dievd tove bitr flewioikng, oEsrchidingaldatlibdest De~

possiblgubiective qualifcal@ aived bistate-caders fRLaerew gawaic /

sound signals aim at opti- mizing the subjective quality by shaping

spectral (and tempo- ral) shape of the quantization error according to a

masking 20 threshold curve which is estimated from the input signal by

means of a perceptual model (Spercepiual talisio coding™) . On the other

hand, coding of speech at very low bitrates has been shown to work very

efficientlr¥ when it is bta,sed o%%aggoduc- tion model of rgu nan speech, i'g'rticuw
Themitsyid Lind BV BRidiétive 53ihg (CPETIS Modsit &18sonant :
lapHects bPtha HlktanstaF tractdyether With ¥R EHficictt cGdiAd Of thegnal is
préesiduakexpiy tation signet. Asve coriseuence of these twoddiferentving dif-
fe fPRYOAChES, genarah 30 andio coders (like MPEG-1 Layer 3, 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
Inc68ErsCANE ¢ thePlhck BF eRpbHatlisn drdihedb sBaR&FMod_RBgh-technol-
ogverselyvieRElbased speeatt coders ngually domiotsehieveten 35 gibcinigpnal ly
pepsultshan-appligd to-generabmusicisigrals becaiiser ot theirdaabiityde such
=1 [l shape the speclial gnuslone of fbe colnaisilion Aol fn b1-

| masking threshold curve. ) ) , _
trate. Coders for general music / sound signals aim at opti-

mizing the subjective guality by shaping spectral (and tempo-
ral) shape of the guantization error according to a masking
threshold curve which is estimated from the input signal by
means of a perceptual model (“perceptual audio coding”}. On
the other hand, coding of speech at very low bitrates has been
shown to work very efficiently when it is based on a produc-
tion model of human speech, i.e. employing Linear Predictive
Coding (LPC) to model the resonant effects of the human vocal
tract together with an efficient coding of the residual exci-
tation signal.

As a conseqguence of these two different approaches, general
audio coders (like MPEG-1 Layer 3, 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. Con-
versely, LPC-based speech coders usually do not achieve con-
vincing results when applied to general music signals because
of their inability to flexibly shape the spectral envelope of
the coding distortion according to a masking threshold curve.
In the following, embodiments are described which provide a
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In the following, embodiments are described which provide a WO
2008/151755 2 PCT/EP2008/004496 concept that combines the
advantages of both LPC-based coding and perceptual audio coding into a
Wairi§ig/tfariework and thus describe upified audio coding thBE KEEFRSR#496
for both gen- eral audio and speech signals. 5 Traditionally, perceptual
audio coders use a filterbank-based approach to efficiently code audio
signals and shape the quan- tization distortion according to an estimate of
cotioe praskimt coneb 10449, thGa sbres: thegbasieo blobk dingi@t-tfzased coding
amﬁnogs@p@d t Qﬁ'tqla%rcg@rdt%al st 9@@'%@_@ f@ aeb%/&@elf”f%t I?QQQ $nd thus
used.to map the time damain s es,into subsampled.spectr
e O CoeRe TR o (RE HUAnORI ot SpEcFA EorigghentS,ingoth 920
er st i15 s CRIEFE $¢ 383 Subband coder (small number of
subbands, e.g. 32) or a transform coder (large number of frequency
Tr 40881882 19). ARereepiual ("Pavehoacausiic:k madel 1602; isusqdiioy vased
apGEiTate the acialime dependent masking threely old The spectral
E_D?“rsu. Band”or requency domain’ componenjtgréf) are quanﬁze an
t1e3He8 604 R StcH Fva§ IR TE Guahfiza® BiorP 565BAS Pidaén Ghdertasking
cumretual transmitted signal, and is not perceptible after decoding. This is
achieved by varying the granularity of quantization of the spectral values
. over, time and frequengy. 25 T uantjzed and entropy-encoded spectral
Fl%beﬁﬁ%:?en?? %‘F'Ssu%t')%n%% ucesggrg?ﬁl géai%gﬁr?/vi%ii e Thtort dgﬁgr%nﬁﬁtmep“
Cugo PRt Fe T FoFatte L 6BB2 WA plovides RA BRcAGEd adis didssignde map
thevhichris sulitatsié for beig ransimitted suistored 186 The oatputlbitstregmnents .
DePéhlack:1686 canchentianspitied vipthe: daterneis See Sored OR dem is

a1 84pdhine readahle data car, figr, Qn the,decode:sids, 3 geaderippul,ypangs,
interface 1610 receives
e.g. 32) or a transform coder (large number of frequency

he guan-

lines, e.g. 512). A perceptual (“psychoacoustic”) model 1602
is used to estimate the actual time dependent masking thresh-
old. The spectral {(“subband” or “frequency domain”) components
are quantized and coded 1604 in such a way that the guantiza-~
tion nocise is hidden under the actual transmitted signal, and
is not perceptible after decoding. This is achieved by varying
the granularity of gquantization o¢f the spectral values over

time and freguency.

The quantized and entropy~encoded spectral coefficients or
subband values are, in addition with side information, input
into & bitstream formatter 1606, which provides an encoded au-
dio signal which is suitable for being transmitted or stored.
The output bitstream of block 1606 can be transmitted wvia the
Internet or can be steored on any machine readable data car-

rier.

On the decoder~-side, a decoder input interface 1610 receives
the encoded bitstream. Block 1610 separates entropy-encoded
and guantized spectral/subband values from side information,
The encoded spectral values are input into an entropy-decoder
such as a Huffman decoder which is positioned between 1610 and
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35 the encoded bitstream. Block 1610 separates entropy-encoded and

quantized spectral/subband values from side information. The encoded

spectral values are input into an entropy-decoder such as a Huffman

vie2dasiddich is positioned between 2610 and WO 2008/1FTTBE 308/004496

PCT/EP2008/004496 1620. The output of this entropy decoder is

guantized spectral values. These quantized spectral values are input into

a re- quantizer which performs an "inverse" quantization as indi- cated at
162@20TRFIPHRE TR PP o BIbERRE26 TS RIRE 5ifto tthes spectral
valiltesbankH2?, whichtperdormsre syathesigafiterngameludingat into a re-
quiteauensytimedranstormaand typicaliynadimedongaindliasidion as indi-
catBhcelation ppetatiop.yich as.ovedap %%‘%ﬁ‘%% ag /%i‘osc%?thgég?ﬁs'?% input
~~ windowing operation to finally obtain the outpuf audio signal. 10 Figs. .
l“ﬁ%b,al%ﬁﬂa%é%ﬁn Bk ARERBAS thkPértire filtdFbaRR baRERDeftepi(RF Nes1s
£ i Todinighgonicept of Figr 16a firewhiehay frefiteing mpproachaomithet ypically,
a ensRdeside and pipastnfitering-apnreach:pndpe fecodar-sderdras overlap
antlnmgl éneanrgggb}:s én L;Edrml%'(\)e)sg -.?s”i%r%t“%k 'é%'oicr?deghgéggggrprggc?%e;{jnally

which” separates the gspects of irrelevance reduction (F.’e. noiSe shaping
obLREFrdhG 1@ PEREDtEHACrRe B4 redundancy re- duction (i.e. obtaining

a mathematically more compact repre 20 sentation of information) by
F1i4§iNg18esQ-calird predilter ceather thar aMasiable-quantizationidiiee filter-
pasREGLA o€ EE&%%?\PA’E'V frequency Jheasinciple igjllustrated in £ pion 5

16b. The input signal is analyzed by a perceptual model 1602 to compute
PLeR ettt St thé RPFI@T thr&hold-ESirve BYEP S8 Tretihcy 2Rt post-
£ 1 htaskimg tireshoRids convehed deecsisst6fl pee-dilter éoeriepars-sdch

that the magnitude of its fre- quency response is inversely proportional to

Inth&mﬁ@@pﬁ threshold, Jhe predfilier operatiop applies,his,sef of 606ky which

ficients to tt%énp%tSSi?n%l WhE}CP pgordu%fgv%nno%tputesé%rglgc())nin ve/rincg all noise
se?r%ﬁﬁtéﬁéy componeﬁ Sare representté according to T
shaping according to perceptual criteria) and redundancy re-

duction {i.e. obtaining a wmathematically more compact repre-
sentation of information) by using a so-called pre-filter
rather than a variable guantization of the spectral coeffi-
cients over frequency. The principle is illustrated in Fig.
16b. The input signal is analyzed by a perceptual model 1602
to compute an estimate of the masking threshold curve over
frequency. The masking threshold 1s converted into a set of
pre-filter coefficients such that the magnitude of its fre-
quency response 1is inversely proportional to the masking
threshold. The pre-filter operaticn applies this set of coef-
ficients to the input signal which produces an output signal
in which all freguency components are represented according to
their perceptual importance ({“perceptual whitening”). This
signal is subsequently coded by any kind of audic coder 1632
which produces a “white” guantization distortion, i.e. does
not apply any perceptual noise shaping. The transmission /
storage of the audic signal include both, the coder’s bit-
stream and a coded version of the pre~filtering coefficients.
In the decoder of Fig. 16¢, the coder bitstream is decoded
(1634} into the perceptually whitened audic signal which con-
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their perceptual importance ("perceptual whitening"”). This signal is

subsequently coded by any kind of audio coder 1632 which produces a

"white" quantization distortion, i.e. does not apply any perceptual noise

VPR 1 THe transmission / 35 storagezof the audio signal iRETGER 196804496

the coder's bit- stream and a coded version of the pre-filtering coefficients.

In the decoder of Fig. 16c, the coder bitstream is decoded (1634) into the

perceptually whitened audio signal which con WO 2008/151755 4
tapEy/EREH08/904 496! tainsindditive sthitenquantigationfidise. sthis:aignadls  then
sutsibenesubjectad 8 post-likering opeisden 40 aceringiohe ny to the
 pdaagmitted filter ¢ (%%@m%g%]émg? ?% postdilter per. %orms theﬁm eﬁjbﬁfb per-

filtering process relative to the pre [ter, it reconstruc S thE %ty
FORMmRt skt ffd?ﬁ'eﬁl%epergéﬂ)ﬁj%rﬁﬁ%lté?ﬁbcﬁﬁﬁal Theagddifive Whitethe pre-
flé@mizalﬁorr AoieesS spettallyrshaped dkedie masking copuecbysthgnal from
th90$éﬂﬁﬁﬁﬁmﬂhy§a@@@@ﬁh@@“@@%ﬁgyCoﬂﬂgdé@gﬁig@eaW#ﬁégn@Héntzza-
e R e ire oy The

via the pre-/post-tiftering step rather than freguenc
poaﬁargﬂ;.ﬁ%ﬁ o?%ﬁe&%%oé‘ﬁ@i%ﬁfs‘s tREEGTEEPtEhhbecgenERdized tothe de-
coprludafiantiltefraniebasste doding mechanism 15 for representing the
pre-filtered audio signal rather than a filterbank-based audio coder. In

s1REN02Hthisds shawnsfar time damain,coding kemel uging predictive and, .
vi gntt%%y codlnsg statqegbio In order to enable appropriate ectral Hoise

Shaping By USIRG “prethosEfitdithg eeRniRIERSH ishafbriarit 2 8BSyt tepend-
e“ﬁe@&‘@ﬁtﬁ#r@%@kﬂmn% t15P PR fyost-fikerftbithae ot the hbman@uckioty can be
gesyst&ﬁn.ﬂelelallypthe.frequancyrreﬁelﬁmlamﬁdkff«)ﬂ@\é/é&e||dﬁt9w{b mechanism

i el SRS o .
ale.[Zw, is is especi
fleh%e gF[ea p%skt) ﬂc’teff§ moetlf(iejrandC TS the &é%oc[lﬁfélaogdmptiﬁér?on&ls shown for

tl@gmgﬁ&ﬁy%maod;ng kernel using predictive and entropy coding
stages.

In order to enable appropriate spectral noise shaping by using
pre-/post~filtering techniques, it is important to adapt the
frequency resolution of the pre-/post-filter to that of the
human auditory system. Ideally, the frequency resoclution would
follow well-known perceptual frequency scales, such as the
BARK or ERB frequency scale [Zwi]. This is especially desir-
able in order to minimize the order of the pre~/post~filter
model and thus the associated computational complexity and
side information transmission rate.

The adaptation of the pre-/post-filter frequency resolution
can be achieved by the well-known frequency warping concept
(KHLS7]. Essentially, the unit delays within a filter struc-
ture are replaced by (first or higher order) allpass filters
which leads to a non-uniform deformation (“warping”) of the
frequency response of the filter., It has been shown that even
by using a first-order allpass filter, e.q,
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side information transmission rate. 30 The adaptation of the pre-/post-filter

frequency resolution can be achieved by the well-known frequency

warping concept [KHL97] . Essentially, the unit delays within a filter struc-

WRIR% B TEPlaced by (first or higher order) allpass filters whiRLIEEEYTE 496

non-uniform deformation ("warping") of the 35 frequency response of the

filter. It has been shown that even by using a first-order allpass filter, e.g.

WO 2008/151755 5 PCT/EP2008/004496 Z-1 -1, 1-Xz1, a quite

accurate approximation of perceptﬁaL&eﬁu,ency scales is possible by an

appropriate choice of the allpass co&fff:%5 cients [SA99] . Thus, most

known systems do not make use of higher-order allpass filters for

frequency warping. Since a first-order allpass filter is fully determined by

a single scalar parameter (which will be referred to as the "warping
2 e - PESR DS WARR RtERANESThE BePRhafBh & thel 16 Hedletcyscales
is sgale sEorlexamplesfior spwanpng &ctoraf@ <, nd defermafidpiss coeffi-
ci&ﬁfggtin@sh%thQ f“ﬁfﬁh‘???@@&?“ EB%#&Q@%%SHBGW se@el- -tlr__llféﬁ(e use of

. [ arping factor is-.cho- sen, the mqre frequency resolution is _ ,

mf%%geo (?r%\%ﬁep g\% F ire Eér?c?yeggtt oggqtﬁe sﬁgc H%nr% ds iYFsrﬁel@e%'sarg’/]tgce @
£1o3brd 4% imatd Pt eptdadltifdquéicy Sealky, afataked 2oy Rmahesingle
schlgher fregaerte part shthehspectrumhd)singfa warped:predpostifiterwarping
fa@tigdiorcodersctypicallyiyse afilter ordarbaiween 8and 20 abeaMAh of the
fré&ﬂ@l‘@? rggeéllg@ %%L?Oe‘%é ié"f"]flélijz é\N §a@%@§é ’ %g\é%rc%lro.%hg r =0, no
d@?agpllcatl_ons of warped filtering have been de- scribed, e.g. modeling of -

Sidmptise tEspSHSETHREO0] hrl* pardfhetfid HiddelifPsra hdfise o0 the

- regahiponénefirrcaudio sighal 2Bquhdehthe dguivalemriage faguemei/s cho-

seifauz fikering) ESCBQ3) Jriaditianatly) efficient speeehceding has beer 1ower

£ n Lins-earRredictive ing (LRI t I t effe -
R R o

mate a perceptual freguency scale), and taken away from the

higher freguency part of the spectrum).

Using a warped pre-/post-filter, audio coders typically use a
filter order between 8 and 20 at common sampling rates like 48
kHz or 44.1 kHz [WSKHO0S].

Several other applications of warped filtering have been de-
scribed, e.g. modeling of room impulse responses [HKSC0] and
parametric modeling of a noise component in the audio signal

(under the equivalent name Laguerre / Kauz filtering} [SOB03]

Traditionally, efficient speech coding has been based on Lin-
ear Predictive Coding ({LPC}) to model the rescnant effects of
the human vocal tract together with an efficient coding of the
residual excitation signal [VM06]. Both LPC and excitation pa-
rameters are transmitted from the encoder to the decoder. This

principle is illustrated in Figs. 17a and 17b.

Fig. 1l7a indicates the encoder-side of an encoding/decoding
system based on linear predictive coding. The speech input is
input intc an LPC analyzer 1701 which provides, at its output,
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30 residual excitation signal [VMO06]. Both LPC and excitation pa-
rameters are transmitted from the encoder to the decoder. This principle
is illustrated in Figs. 17a and 17b. Fig. 17a indicates the encoder-side of
WANEHEBdig/decoding 35 system based on linear predictiveEGHROTPE496
speech input is input into an LPC analyzer 1701 which provides, at its
output, WO 2008/151755 6 PCT/EP2008/004496 LPC filter coefficients.
Based on these LPC filter coeffi- cients, an LPC filter 1703 is adjusted.
LPCThé 1 Peefitecaahiits egicctraBpapttened atdissignaPWhich s also coeffi-
cidemsed dprerdictian erer sigred”. Thissspecaily whitenedsaudiq stanal Sutputs
a SHpULnG 4 residualiereitalign Goderhiqs which generates exclalion v
g3 payameters. Thus, the speech input is ‘encoded into_excitation parameters
1EHR oREHEhd SARFEPC cobficentP SRt it dtheridi@rrrlofgsd e signal
is derepuér-didbgllustratstl fuRiy/ ¢ 7o thetéxuitationeparafictersharehingeherates
exdiitoaar excitalipamieceder 11hLwhichh gengiatesan sycitation sigNddes into
ex(USR £8R DSIpRHEIL-an iy veige SR Wisly Thedavrse LEGUISLRe e on
h agcﬁied_ sing the transmitted LPC filter coefficients. us, the inverse
T BHiltat C}09 generates a reconstructed or synthesized speech
output signal. Over time, many methods have been proposed with respect
On tetae effisientandspereeptualls ceriaeaing reprasentatiop of e 2Q@xcitation
parSRigaLExcialon) Hignal, she as MullisRylse Exaliation (MER), Regylar,y,; op
o E’euljg%gxcn%th&{(l?%dgt ?gd Cs%der;E{C't d.Linear Prediction (CELP). o
98N SAéar Predictivé Coding altempte'fo prodted afi¥ktittate BPYs theto an in
VeIffrent sarmble-falue Dt e SeyiRRte HeledGnt tierobiserealitisitefiausing the
t r agestaint narhberRyf past vadues as«<flinearscombinariion, of thespasthverse LPC

£110hservatens. beardles @ redyceredyndancy dodhejppW gnalsthe. y  speecn
out! neodet LPC filter "whitens™ the in- put signal in its spectral envelope, i.e.
] i ? . . .
it'is a model of the 30 inverse of the signal's spectral envelope.
Conversely, the de- coder LPC filter is a model of the signal's spectral
Ovegnvelgpe. many methods have been proposed with respect to an

efficient and perceptually convincing representation of the
residual (excitation) signal, such as Multi-Pulse Excitation
{MPE), Regular Pulse Dxcitatien (RPE), and Code-Excited Linear
Prediction (CELP).

Linear Predictive Coding attempts to produce an estimate of
the current sample value of a sequence based on the observa-
tion of a certain number of past values as a linear combina-
tion of the past observations. In order to reduce redundancy
in the input signal, the encoder LPC filter “whitens” the in-
put signal in its spectral envelope, i.e. it is a model of the
inverse of the signal’s spectral envelope. Conversely, the de-
coder LPC filter is a model of the signal’s spectral envelope.
Specifically, the well-known auto-regressive (AR) linear pre-
dictive analysis is known to model the signal’s spectral enve-

lope by means of an all-pole approximation.

Typically, narrow band speech coders (i.e. speech coders with
a sampling rate of 8kHz) employ an LPC filter with an order
between 8 and 12. Due to the nature of the LPC filter, a uni-
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Specifically, the well-known auto-regressive (AR) linear pre- dictive

analysis is known to model the signal's spectral enve- lope by means of

an all-pole approximation. 35 Typically, narrow band speech coders (i.e.

WehtwgHidatfers with a sampling rate of8kHz) employ an LPRSCHIER200RIG 046

order between 8 and 12. Due to the nature of the LPC filter, a uni WO

2008/151755 7 PCTIEP2008/004496 form frequency resolution is

effective across the full fre- quency range. This does not correspond to a
formrcEFRArfBCYueTRySEAl I NGtRing thars hon-uaifora Sreqbencfull fre-
qusensitivitynags it isTloffereddaswarpingdeghrigpesdnayofter pdvigges) fre-
qualse,fog speech coding, there have been proposals to substitute the

regular LPC analysis by warped predictive analysis, e.g. [TMK94]

LKTK%]. Other combinations of warped LPC and CELP 10 coding are
NokhewRTe.§ PREM FHUMOOTM SRiat to sGmabinectne streagthsvdftyaditomalit is
of EPGIGEDR- base coding:thest quality fatzspeseli signals) andabedragdiso ror

sphenal fikerhank-based percepiyal %’QQ\COSR%%%TQCQ@(% [0l ute the
re uLE_lﬁ), ac%)é‘n |2ed codin bgtween these architectures has been ™

g‘ro osed” T the AMPIA + coder TBES ] W5 SRemale Bod2 PRy kel €+ -
(T 53Dr4a]te K BRIHC reRidips sigrabOmetis taseddn WORBIER (Algsbraiod CELP

coCore BExcitedniompar PredictiamrardiiiNsis . extremely efficient for coding
of speech signals. The other 20 coding kernel is based on TCX

(T rm_Cod xcitati e, arfilter nk based coding, approach
e reé%%n%%nng}tt e §§glll- t%(l)leqaﬁ:aq&%io Sc%dlennggé%%nia%ze%ﬁ %gééglt%eﬁjchie%w CELE-
Lagddd AR féPftisicigRAISY DERENEIRG BFthe thRrdcaidricra offite tradi-
Cigput sighal sigwss dreseithe swosgoting. modésds selecter apfaicach (best
fOSh@ﬁﬁ@ﬁﬁi@d Oéti@&@ﬂmnﬂb@ﬁiﬁp@é%Qngﬁl %‘e@%-é{é‘r@ﬁ%ﬁ’@%ures has
s duyration ¢ it intg_su or 20 msin
?egv%?cﬁg%%c%s%n %lge{tv?g(gn tilg%ét)j/o%%g&o ﬁlggerjr:lo%é??sgr%ngdgvgoﬁ fpiBass cod-
in f

h

& ApproattSiEhi&t (iR FBcedSisirstdist signal. One is based on
ACELP (Algebraic Code Excited Linear Prediction) and thus is
extremely efficient for coding of speech signals. The other
coding kernel 1is based on TCX (Transform Coded Excitation},
i.e. a filterbank based coding approach resembling the tradi-
tional audio coding technigues in order to achieve good gual-
ity for music signals. Depending on the characteristics of the
input signal signals, one of the two coding modes is selected
for a short period of time to transmit the LPC residual sig-
nal. In this way, frames of 80 ms duration can be split inte

subframes of 40 or 20 ms in which a decision between the two
coding modes is made.

A limitation of this approach is that the process 1s based on
a hard switching decision between two coders / coding schemes
which possess extremely different characteristics regarding
the type of introduced coding distortion. This hard switching
process may cause annoying discontinuities in perceived signal
gquality when switching from one mode to another. For example,
when a speech signal is slowly cross-faded into a music signal
(such as after an announcement in a broadcasting program), the
point of switching may be detectable. Similarly, for speech
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a hard switching decision between two coders / coding schemes which

possess extremely different characteristics regarding the type of

introduced coding distortion. This hard switching process may cause

WahHE¥iligdiscontinuities in perceived signal 35 quality wherPSRiTaitg/ 004496

from one mode to another. For example, when a speech signal is slowly

cross-faded into a music signal (such as after an announcement in a

broadcasting program), the point of switching may be detectable.
ov&imitarii, dor( dpdechfWO 2008(15dahért PCIIER2008/004496 kM&Sund ), the

haﬁa{%_@ii‘@i'f@ﬁ nwcgmW'éth‘rj]Hiig‘baﬁlﬁgﬁpugﬂ&ghear_f@{dte ture, it
issyéntgglnﬁar? y eqogga%%dlgle.wm this architecture, it is thus_ ard'to
obtain a coder which an Snfocthly Tad betile &7 theRRaFcridRES et veen

then€hid 2BRIohEht e8delks. BResERtE S atMIsindéas of switched
coding has been de- scribed that permits the filterbank-based coding

Re&EHREIJO OR1 gkAte, ON-BRSI GERtLIAY weiggaadct{ﬁgue%ffﬁée t?ya(];sapdg] bn de-

he cpder's filter between a traditional LPC mode (as it I1s appro 10 priate
Sc%&%&él&bagsepde srﬁnét?\'(,a%c% co%aﬁfng%lgr?c? ERGAPeRIREde G FedshBRE to op-
Crafeetud RRFG BNy a5t Pptedpdtaitefingyas distassat dadimg the
cod8737541Usiyg dfiterewith vatiableiftaquaricynwarpingidt isHossiblei d5anpro-
pri@@é‘"cfélcoﬁﬁf}e%§8%@chs/p@é@_9 C@@%&W&Chﬁ?@'ege%@?_ e@'gl!ﬂo'g_e which
reégxﬁgfrh saggearugéo £oding guality In the following way as indicated in oper:

17¢: The decision aboiit the coding Mo 158 dséi ("BpEalR Afddd L 5er ing
25 SIRARFSRORM Bherforiettin a separate module 1726 by carrying out

an analysis of the input signal and can be based on known techniques for

Usﬁi@:ﬁni@&ﬂé&@ﬁp%@m?ﬁ@abﬁaﬁﬁ@@ r%yeg%ﬁ@}a Wg%ﬁ].';i  degision ossible
mQgule pro is out the coding mode / and an associate
;(.j oﬁ[latimu%m war%giar?% %f:j%?s t%?? g%t_ epﬁltgfj ‘}22%9@%%%”‘#?}6%& deﬁéﬂéﬁﬁe& both
**9his PR Shorf KuetditiReSALER DT SitabIé ViltércobMeictrd WoMiehareray as
ingbprépraterfof it inpUE signal at the chosen cod- ing mode, i.e. for

coding of speech, an LPC analysis is per-

The decision about the coding mode to be used {(“Speech mode”
or "Music mode”) is performed in a separate module 172§ by
carrying out an analysis of the input signal and can be based
en known techniques for discriminating speech signels from mu-
sic. As a result, the decision module produces a decision
about the coding mode / and an associated optimum warping fac-
tor for the filter 1722. Furthermore, depending on this deci-
sion, 1t determines a set of suitable filter coefficients
which are appropriate for the input signal at the chosen cod-
ing mode, i.e. for coding of speech, an LPC analysis is per-
formed (with no warping, or a low warping factor) whereas for
coding of music, a masking curve is estimated and its inverse
is converted into warped spectral coefficients.

The filter 1722 with the time varying warping characteristics
is used as a common encoder / decoder filter and is applied to
the signal depending on the coding mode decision / warping
factor and the set of filter coefficients produced by the de-
cision module.
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formed (with no warping, or a low warping factor) whereas for 30 coding of

music, a masking curve is estimated and its inverse is converted into

warped spectral coefficients. The filter 1722 with the time varying warping

VEhallicteristics is used as a common emcoder / decoder filt@MCHEPRY0S/004496
applied to 35 the signal depending on the coding mode decision / warping
factor and the set of filter coefficients produced by the de- cision module.

WO 2008/151755 9 PCT/EP2008/004496 The output signal of the filtering
Thetage iwudded bypaithefa Wpeeth todingkeratbiE24i . g.odELHPIspder)ther a
speleaigenetis myidice cader kamnel 1426 (e gepdilteduankybasedicoflgle@id audio
cREdiGdigAudie sgder, ar bathdepending on fhe coding,mode. 5 The ;- _

.information to be transmitted / stored comprises the cod- Ing rﬁoa%
E14&Ci8BR Y0 ARARGitation P A warsingeiRg), ettt r codtsemede

some coded form, and the informa- tion delivered by the speech /
Thexcitaiesranditie genere aur i shin ceder. Jn heLAUEesPERIININACOEEE coq-
Lnife putRy gL aeidyRl ptation deeader and NGUENFIIEANO caceor)

ecoder are added up . and the output is filtered by the time var§/3|ng
th\?/argjegts%}htﬁeofg St Basdl oiPlR ORMRFfmoa& ™ warpitdy faBfr Argorma-
Cifo tedobbffdients PR ué ke theplesrelswitchiti dedision betweerhtvgeodinge au-
dimodesethe scheme is, however, still subject to similar limitations 20 as

the switched CELP / filterbank-based coding as they were described

.. With this grchitecture, it is hard to obtain a coder which can

previousl ‘
T S hIG Y GE DRV the THATAGTSE - ISIES of IHePHIG cdporEt carigual /
exg8 PHOIREr WaFofesmpifind-Aspeests tdding keivel ddttraigenere added up
angerceptuak apdio coslef islusacktor MPEGe4 Large-SepySerjahlerAudiosynthe -
si@o@f‘g‘d@p?}]ﬂé%@zlﬁrh@'}ge%Q&fE‘ﬁ%laB@d@,d'%Espgc}leroyéqg:gr and fil-

. e%o%ggltdﬁﬁ?gén gqhemes ano_l bitstream formats that allow meaningful
ecoding of subsets of a full bitstream, re

Due to the hard switching decision between two coding modes,
the scheme is, however, still subject to similar limitations
as the switched CELP / filterbank-based coding as they were
described previously. With this architecture, it is hard to
obtain a cecder which can smoothly fade between the character-
istics of the two component coders.

Another way of combining a speech coding kernel with a generic
perceptual audio coder is used for MPEG-4 Large-Step Scalable
Audio Coding {Gri97] [Her02]}. The idea of scalable coding is
to provide coding/decoding schemes and bitstream formats that
allow meaningful decoding of subsets of a full bitstream, re-
sulting in a reduced guality output signal. In this, the
transmitted/decoded data rate can be adapted to the instanta-
neous transmission channel capacity without a re-encoding of
the input signal.

The structure of an MPEG-4 large-step scalable audio coder is
depicted by Fig. 18 [Gri®7). This configuration comprises both
a so-called core coder 1802 and several enhancement lavers
based on perceptual audic coding modules 1804. The core coder
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30 sulting in a reduced quality output signal. In this, the

transmitted/decoded data rate can be adapted to the instanta- neous

transmissigbn channel capacity without a re-encoding of the input signal.

WER2H§8 Hticture of an MPEG-4 largerstep scalable audio cA§ay§E2008/004496

depicted by Fig. 18 (Gri97) . This configuration comprises both a

so-called core coder 1802 and several enhancement layers based on

perceptual audio coding modules 1804. The core coder WO 2008/151755
(tyQ BATAE P20W6 Haypicallpeendrrovoband spepehadoder)dpetesower
= Bl Serebnaln of fhece oo o s oo e T mel

ombination o se companents works as ws; 5 The input

scadiaRAfis HH-BE b ey ngﬁ%sdeerfc%%%f the ggr%%oggr Jlfglgg&rp#e

produced bitstream constitutes the core layer portion 1804 of the scalable
Thebitsifea. dtigriecoded uwatly k86 edd Lpgampted :80Bttermalch thee core
co t%fe“g:b;tlgz;?teﬁ%%n&%?&%‘%@g%'iec'l&adlE&ﬁﬁ'l '%Brk%%efﬁ@tf@s?aﬁséd dyeeghayer

: ySIS ilte ané .In a second, signa h, 1h

porfdigy (18 c%l%p%hgat% %6&%@%5 Fé%a?sasfgdt rpuggﬁ tﬁ%géﬁg %ismca:Lly
18 0fiterbankipg aaphadistBOf EompafetheeliRaPRoding eridrsigal “i§ Pet~
cepthe Iesidnnksigaakistpassegethroughd Frequenty Seleetige SwWitkeh analysis

£11ESI)4R0! 1eke-whichgpermits to fall back to the original signal on a
scalefactor band basis if this-can be coded more efficiently than the

residual signal. 20 The spectral coefficients are quantized/coded by an,
In pACSEoHRG kEEIAB0FAERdInG 16 artBhR¥ncE é‘r%%ay‘é?‘Bﬁ%{}ﬁgﬁFd input
51 kBB, iRurtherstageobrefinerient tertarcemdiitiaparsy by réfblimpéf used
o theresidual ceding £ signal gandolewo25 Hgnk ilustrates the

structure of the associated core-based scalable decoder. The composite

bit-stream is decomposed 1902 into the individyal [
Thqjeggaﬁeﬁf§04§ﬁqﬁé%xwés passed throug% SOdggégﬁgﬁ%y Selective
Switch (FSS) tool 1816 which permits to fall back to the

original signal on a scalefactor band basis if this c¢an be
coded more efficiently than the residual signal.

The spectral coefficients are guantized/ccoded by an AAC coding
kernel 1804, leading to an enhancement layer bitstream 1818.
Further stages of refinement (enhancement layers) by re~-coding
of the residual coding error signal can follow.

Fig. 19 illustrates the structure of the associated core-based
scalable decoder. The composite bit-stream is decomposed 1950z
into the individual coding layers. Decoding 1%04 of the core
coder bitstream (e.g. a speech coder bitstream} is then per-
formed and its output signal may be presented via an optional
post filter stage. In order to use the core decoder signal
within the scalable decoding process, it is upsampled 1508 to
the sampling rate of the scalable coder, delay compensated
1910 with respect to the other layers and de-composed by the
coder analysis filterbank (MDCT) 1812.

Higher layer bitstreams are then decoded 1916 by applying the
BAC noiseless decoding and inverse guantization, and summing
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coder bitstream (e.g. a speech coder bitstream) is then per 30 formed and

its output signal may be presented via an optional post filter stage. In

order to use the core decoder signal within the scalable decoding
WY REES 1T upsampled 1908 to the seimpling rate of the sEAIRBRIUEAEH496

delay compensated 1910 with respect to the other layers and

de-composed by the 35 coder analysis filterbank (MDCT) 1912. Higher

layer bitstreams are then decoded 1916 by applying the AAC noiseless
UPdetddihg &hd inFRRE GGdNti SRR JHFtESimrimg WiPRO68 51755 1Frequency
SeRETFIERR2008/0041496 apll B4l speditat eseffisient sentributignsphct ral co-

etfieguency SelestiveriwiteBieeli kA0 sombings theesulting snecyral cqr
1&fficients, with the contribution from the core layer by se- lecting eitherthe =
sumn of them of only the coefﬁcien{]seglrigcf% AtnG frO tHe ehhaftemieht origi-

NALYBR dSSSENAIEF fréMNAB HRERHerl EHRA, AE residia Fesbpbddsackhe en-
cotded timé€ doridin, representation by the syathesis filteshankdIMDGT)re domain
re}92d A% argierahchalactepistipthespeechaaqder (coragpdey) |

always used and decoded in this configuration. Only if a de- coder has’
access not only to the core layer of the bitstream but also to one or more

Ao fhafieRATeht 15/82E 2056 BRtrilfttion s SiroTR ke perreptral Aodicecodatsr) is
aligthe enbadcementdaysrdeate imansmiittecwhichycan piaside agopdif a de-
coqualityltw_n@@tawchdtl%mﬁi@g&a{% Conseaugpily. this SE%@b%itstream
0 a ys.in S an, active layer containing a speech coder |

bu%h%ﬂ%atg%qc? g%amczf d%%t%ac%gr}%%g%?ﬁg ﬁs %ae}’f%%r%angél %’pﬁﬁfi’&é pRufions
LT 8lerali®of ﬁﬁgﬁﬁftﬁd?{)oﬁl“?ﬂ&cﬁo&?ﬁ Sudi® sigfalenh i RpetSighayers are
CranswgHd trat predemirzanly congiste ok sgeech, the pétceptiat andio-speech /
musadersinghelenhancement layer(s) code a residual / difference signal that

has properties that 25 may be quite different from that of regular audio
C:Qsi Qatllse%rg are 1I:hus hard tg cgge for this type of coder. As one example,

the residua Kignaliiay 25AERT E5mEoREE WHEH Jte ifTdiAgiTe Brciudes an
aChiiiffe aRd TerdToRe pidvbke pre-edtestwhendoded vithra leads to some

drawbacks regarding its performance to provide best overall
qguality for both speech and audio signals:

If the input signal is a signal that predominantly consists of
speech, the perceptual audio coder in the enhancement layer(s)
code a residual / difference signal that has properties that
may be guite different from that of regiular audio signals and
are thus hard to code for this typetof coder. As one example,
the residual signal may contain components which are impulsive
of nature and therefore provoke pre-echoes when coded with a
filterbank-based perceptual audio. coder.

If the input signal is not predominantly speech, the residual
signal frequently requires more bitrate to code than the input
signal. In these cases, the FSS selects the original signal
for coding by the enhancement layer rather than the residual
signal. Consequently, the core layer does not contribute to
the output signal and the bitrate of the core layer is spent
in vain since it does not contribute to an impreovement of the
overall qguality. In other words, in such cases the result
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filterbank-based perceptual audio. coder. 30 If the input signal is not
predominantly speech, the residual signal frequently requires more bitrate
to code than the input signal. In these cases, the FSS selects the original
W8t/ o Eoding by the enhancement layer rather than the PESi&B(3804496
signal. Consequently, the core layer does not contribute to the output
signal and the bitrate of the core layer is spent in vain since it does not
contribute to an improvement of the overall quality. In other words, in
sosudls cases thettesult M/OcARO& S 1 #eb B2 RGTAER2008/004405 soMPES been
a1V hatibthe eptireditratewoulsihave simply begn allocated to a
perceptual audio coder only. In
http://www.hitech-projects.com/euprojects/ardor/summary.htm 5 the
In ARBSOR/ (AtiaptivetR&fe-DReortioh O pthmisedsmirbcoteR deo-/detisa ry . htm
theeaqilted g2 falowis: dVithin dhe psejeet toendneti$eiealed JRakeNGadesr) ~o-
degenerigaudiouth the most gparopriate combination of signal models, 10
given the imposed constraints as well as the available sub coders. The
~work can be divided into three parts corresponding to the three codec
WitBidhokEfts BEMEtatedin FR{SZD. Axaterdistortiontthebrydresetes generic
augptimization thechamism 20p401% thateconfigutiasstheARBOR:GHA0 SUshie 1 s,
githal itoperates guest ek dicigntly;given the cyreqt, Hg‘_e%/@éy"%gfaiiabi sub-~
onstraints and type aof input Sig nlal eFo_r,thls pgr&ose it controls: a set of .
stbcoding’ strategies 2000, each Stwhith 1€ hibhiP&ieRht SoF8RESHRGNA1RY
L0 R tiETHER By (5 SR pERRRTRE 06 poheht 12056 % tohalk thosyy or20 .
transient signals. The appropriate rate and signal-component allocation

e naLStorion Thaasie 2007 St b et i, 2004
rc istortion m at provides a perceptual criterion
tk}%ﬁt e l#aﬁtg-d%lgt%rt%lohneo&%nﬁggtigﬁ rr?é:chsa%l%m?c?hagt_hé};w &3 par I§st et
T3 Bl Ynodel Shich REbaSed bR dtate-bRf- 4ATRANAedgecaGuRhat s  and
tyheinh alnditeory Systeml prdvidesthéoptinization inechanismoldth a set of
' subfotaatign abouk heyperceptusd releyanceef which is highly efficient

for encoding a particular type of input-signal component,

co

€.g., tomal, nolsy, or transient signals. The appropriate rate
and signal-component allocation for each particular subcoding
strategy is based on: an advanced, new perceptual distortion
measure 2002 that provides a perceptual criterion for the
rate“distortion'optimization mechanism. In other words, a per-
ceptual model, which is based on state-of-the-art knowledge
about the human auditory system, provides the optimization
mechanism with information about the perceptual relevance of
different parts of the sound. The optimization algorithm could
for example decide to leave out information that is perceptu-~
ally irrelevant. Consequently, the original signal cannot be
restored, but the auditory system will not be able to perceive
the difference.

The above discussion of several prior art systems underlines
that there does not yet exist an optimum encoding strategy
which, on the one hand provides optimum quality for general
audio signals as well as speech signals, and which on the
other hand, provides a low bitrate for all kinds of signals,
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different parts of the sound. The optimization algorithm could for example
decide to leave out information that is perceptu 30 ally irrelevant.
Consequently, the original signal cannot be restored, but the auditory

way 2beRtIFNot be able to perceive thfi gifference. The abowEiseussiomn496
of several prior art systems underlines 35 that there does not yet exist an
optimum encoding strategy which, on the one hand provides optimum
quality for general audio signals as well as speech signals, and which on

pathe; etherhand, prevides adewditsaledor all kinds of signala W0, connection

200 1755 1 3 PCI/EP20Q8/004496 . Particularly, the scalable .
maglp%ggh a%%diggl?ssg%i% c%%ng&%:rg V\I?Iﬁ\sFI%]??Lg AP 19 17eh hasMPEG-4

CopdER SRIHREYdiPEP FEREEG-BheoritivbesifiidtesabatAd whelnaudio speech
cosignalasiey & spbeclt qoalet coreawithoutipayingattantion teithe alidi@al and,
s p@ﬁﬂ@hﬁ@q’l@ ,SDG@JIC?M% toﬁ%\?ﬁ%&é r(%I;;fOftﬁ?l% audia sig rc]lgli JHﬁi‘%{orﬁhere fore,
en the audio. signal is not speech-like, the core encoder_will introduce
wl‘i\%leavnf/ c%diﬁgtglrt%lfacsté nd, co%%e&@éntlﬁ%ﬁ%%e&ﬁ%ﬁéy SeRSti® SRitcpneoder
Widsh 186 RFEGS 18R hakeSLRG 1RREREIGF AudiBSignarRssteeiedly, the
fregngnhy ARG encdder $6 Tord 18041 THSS, 6n this insfanae the bitstiaa® sure
chinelugas thes useless oytpyt ghthe speech gare.codex; and agditionally i - g »
d p tually e ed representation of the audio_signal. Thi
co%'lt gﬁ%sﬁﬁ% ’a%gstg% %rad%gns%s?srfgr? ba%g‘-e w%%ﬁ,‘#u Eiy r‘e%ﬁft% s the
uSE HGH aftd tREfes8 holls cSREGHD 1590sh, GHFER is arfic gy tionally in-
clprptentdtic wirrctrterdddingore dept is<¢p besmplernboted 4 mohide audio
sigewces Whieh ae-battery- pewered and havedigttedreseurces Ol &NESEY band-
wi Generalystalgdohedansiamy pasecagifeniugl neofer oper 20 A1es
£ wﬂhou%pz%[‘n% attention to the source of the audio sig-'nal, wHich resufts
i the TaeEthat, ToPAF AYSHARE SOUFCER bFaRfnals, ThE pefdpteaieRiiey con-
Cepficdder{when HaWigaansaer- bie bivate) camwjerasatehdrbutpee battery-
powithedt toodmiamyconling tastifacss duk desnem-séationafy signal portions,
the bitrate 25 increases, since the masking threshold does not mask as

GeSQEally stated, the transform-based perceptual encoder oper-
ates without paying attention to the source of the audioc sig-
nal, which results in the fact that, for all available sources
of signals, the perceptual audio encoder (when having a moder-
ate bit rate) can generate an output without too many coding
artifacts, but for non-stationary signal portions, the bitrate
increases, since the masking threshold does not mask as effi-
cient as in stationary sounds. Furthermore, the inherent com-

promise between time resolution and frequency resoclution in

transform-based audio encoders renders this coding system

problematic for transient or impulse-like signal components,
since these signal components would require a high time reso-
lution and would not require a high freguency resolution.

The speech coder, however, is a prominent example for a coding
concept, which 1is heavily based on a source model. Thus, a
speech coder resembles a model of the speech source, and is,
therefore, in the position to provide a highly efficient para-
metric representation for signals criginating from a sound

source similar to the source model represented by the coding
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cient as in stationary sounds. Furthermore, the inherent com- promise

between time resolution and frequency resolution in transform-based

audio encoders renders this coding system problematic for transient or

WithpdisEIRE signal components, 30 sifide these signal compifeRR30afifteroo

require a high time reso- lution and would not require a high frequency

resolution. The speech coder, however, is a prominent example for a

coding concept, which is heavily based on a source model. Thus, a 35
algpeeshBoderrsseihiad s ntuddl biate Bpecthdburel angds, Wdreforgio not
coimthedgositiarhtofiievide edughly efficiend paraemeisisgeprespatatior ot will
inSHNALS Quaipgting fropsasound seuyce sipllandodhe sputce mpdel oy o in-

represented by the coding WO,2008/151755 14 PCTIEP2008/004496
Creffotrhi T For SOMHs Wrighating Fom sBUrSES wifictf'is Fot Coindidé BFgrased
antheSpeethtobet Surbé Micdel, theédutput il iatkideoheayy arifects br,audio
cotdhen the bitrate is allowed to in- crease, will show up a bitrate which is

drastically increased 5 and substantially higher than a bitrate of a general

aydio %Jder. It.is the o?jec(}bc%f the present invention to provide an im-

I preved B8ncdpt 16iautfo cotfing? ﬁﬁsiéﬁbro\’ﬁﬂ’e@s”&d\%htatg%spf@?rﬁﬂ’? an im-

0C
Prppfifa spEtiRPéodéreonadistisnd acgemetal coliéelonepy i@rbwhictyantages
framoitdstas far appedsibile, thedlisadvantages efribiese cpaess.alhis-object con-

celachievedpy an aydio;cader in aggordgnce,with ; 13 claimle amethpfof 2 ge s
Ofaggg) %n%%dég%n accordance with claim 24, a decoder for decoding an
ericoded audio Signal in accor- dance with claim 25, a method of decoding
in accordance with claim 32, an enhanced audio signal in accordance
Thwsth@tgirc 33 1er s ctubputetr pregram inwattordande withrelaiprdd.dbhce with
c1dbe present iventien isdagsed an thadindingsthaka geparaadiRofwith claim
24!M “.'Soeescgfa@xa” ‘éd'%é“c‘lé‘éir‘é"c';g resuitina fignly, sfficientandigh o
quality audio encoding concept. By extract- ing |mleJJIses from°the audio

da%@%aﬁ%ﬁﬁmﬁﬁ%ﬁ%i k)gﬁnﬂ§ﬁPOd of decoding 1in accordance with

claim 32, an enhanced audioc signal in accordance with claim
33, or a computer program in accordance with claim 34.

The present invention is based on the finding that a separa-
tion of impulses from an audio signal will result in a highly
efficient and high guality audic encoding concept. By extract-
ing impulses from the audio signal, an impulse audio signal on
the one hand and a residual signal corresponding to the audio
signal without the impulses 1s generated. The impulse audio
signal can be encoded by-an impulse coder such as a highly ef-
ficient speech coder, which provides extremely low data rates
at a high qguality for speech signals. On the other hand, the
residual signal is freed of its impulse-like portion and is
mainly constituted of the stationary portion of the original
audio signal. Such a signal is very well suited for a signal
encoder such as a general audioc encoder and, preferably, a
transform—-based perceptually controlled audic encoder. An out-
put interface outputs the encoded impulse-like signal and the
encoded residual signal. The output interface can output these
two encoded signals in any available format, but the format
does not have to be a scalable format, due tco the fact that
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25 the one hand and a residual signal corresponding to the audio signal
without the impulses is generated. The impulse audio signal can be
encoded by an impulse coder such as a highly ef- ficient speech coder,
WRRKIE BYo¥des extremely low data rateg at a high quality foPSpEB2HE/004496

signals. On the other hand, the 30 residual signal is freed of its
impulse-like portion and is mainly constituted of the stationary portion of
the original audio signal. Such a signal is very well suited for a signal

thenenderdmthm&c@mbredimdﬁend@dﬁr anst; preferaiysctied impulse-like

; ﬁfogm&?edfﬁﬁ%@% %&gk@%;%@%ﬁ@;@b@5 BUl of sig-
erface outputs the impuls

#gsﬁugl si n%l eou p§t mtecrgfxlﬁé’c S Hltput A tv%’%ﬁfi%&éd will pro-
Vl%?grf’al?i’rﬁgn}ﬂﬁé‘élme forfiat, Bhglformat does not have to be a

scalable format, due to the fact that WO 2008/1517551 5
on PQJéE%%%%O%%@ thg spceded r%@U%é@Lﬂé@'O@? onthe engpdeeq en-
dmgulseake S,E’gtl ong,m under %tp cé?h cwcumstans?es not be of sig- N
Aficant use by itseit: nﬁ/ Both Sighaft 1 gatie? wiPprd- vVidéa nit5iPgG5ity when
PretRifcBighaP 50/ fite 6tHe? hiREL héRevefiefe Bitfite ®F this cORiined ACELP
enepdended audiosignat tah beasontrelled ttha hyghedegreel Wenwith respect
to preferably afixed raie imnulse sedensiyd as a8 GEILR neQI A&Fcuaer is, when
foﬁnggg%%@ used wllw ich san ge tlght]%/ CQpir IIed WF}E ectdlo to it con’cro}.la—

itrate n the 0 er and nal enco er IS wW OI’ exam le
blémsRnidiidd a$ aRWiPE o7 IVFP XESHER L ESRFSIa- %iéié@%élt |P@l§t§9@nang a
pefizxed bitedte, aithbugh pedoabinga peicdptual lveding:dperatiputicha vari-
abi@wefela_&séeat;pU&@é@_rioab&bim&&aéﬁéa%@rﬂimele@w%ti%gééxb&,r as
enGRENYAN 2845 kpowan thepart {or Mg oL Miad goda This W'g{“akaeke sure

sure_that the bitrate of the encoded out Ut s is & constant
Eh 3018 hePEE it th re§|aﬁalea{h%?6j§%n8 Fnot 196 cliide theconstant
bipresiematic impulse-like portions anymore, the bi- trate of the encoded

residual signal will be low, since this

Due to the fact that the residual audio signal does not in-
clude the problematic impulse-like portions anymore, the bi-
trate of the encoded residual signal will be low, since this
residual signal is optimally suited for the signal encoder.

On the other hand, the impulse encoder will provide an excel-
lent and efficient operation, since the impulse encoder is fed
with a signal which is specifically shaped and selected from
the audio signal to fit perfectly to the impulse coder source
model., Thus, when the impulse extractor 1s not able to find
impulse portions in the audio signal, then the impulse encoder
will not be active and will not try to encode any signal por-
tions which are not at all suitable for being coded with the
impulse coder. In view of this, the impuISe coder will also
not provide an encoded impulse signal and will also not con-
tribute to the output bitrate for signal portions where the
impulse coder would require a high bitrate or would not be in
the position to provide an output signal having an acceptable
quality. ©Specifically, for mobile applications, the impulse
coder will also not reguire any energy resources in such a
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residual signal is optimally suited for the signal encoder. On the other

hand, the impulse encoder will provide an excel- 25 lent and efficient

operation, since the impulse encoder is fed with a signal which is

WEREHItHNS shaped and selected froml éhe audio signal to fiPpEfEafysig4496

the impulse coder source model. Thus, when the impulse extractor is not

able to find impulse portions in the audio signal, then the impulse encoder

30 will not be active and will not try to encode any signal por- tions which
sigpahopPat allBukable FebeitPedded vttt imbllse eoder. evieweof active
whis tthe imptise codpratill aise et pravide apenceded tmpglsersigRaland the

1m3Rel 2iS0 nGh P rbul i e guipy Ptale 1o SNAl LOLIANSANEIE w111

1 he 35 impulse rgﬂer woul?hrie uire a hig bltg:ate or would not be In the ~
2193sifi8n B5Frovidean ddtp ﬁ%na‘f’rﬁ(}inaké% actBftabfBPYbaRy encoder  ex
Pegpecifically, for mobile applications, the impulse coder will also not

require any energy resources in such a WO 2008/151755 1 6
ThECTIERI00HAAM, syatiafk Ths aduauls gader Wil oy peerPe ren
ctive when the audio signal includes an impulse-like portion and the '

O BEISBRE IR et Acted B/ The irhBuiSe ERIFRCIF AiiFafPfie Speration,
whiehfedty i§HRE VR#TAhAY thesfipilselencbliet ext B perigrriusetineder will
be distribLtioncafdhe audioisignad tal twhdifferept lcodingealgerithasiwilkgesultas  a

ki#Hyagempines geding opskatian, whichys §@e@%q?llyé§e£%nmt%%ly pro-

signal encoder.will 10 be continuously active and the impulse coder will
a2 TR O R b S Setve A oRfy Jighel 2c-

Eugihitls REIHIRE dMPBARECONSKMESERERIS if the signal ac- tually

includes impulse-like portions. 15 Preferably, the impulse coder is adapted
préaradnjageonsly sencoting sequencesOf ipRyses Wiich aialsAcageously
engglc%%%glmgg %eeé@égs I%thﬁnﬁéé ;Iszggse&ﬂfgflxsegrgr énglsgéiafg% a‘rgmpmlse

typ pattern obtaine ng the human vocal tract. A~pulse train

4 " 2 y A " Wl : 17

Lr R impdiBeLAttinfe-Histaliees Hotwerh- 8 cert 20 IMPOIRESE SGdRANS " are
typibredistnceas taldd at'pitch lag"mese 1ing the human vocal tract. A
pulse train has impulses at time-distances between adjacent

impulses. Such a time distance is called a “pitch lag”, and
this value corresponds with the “pitch frequency”.

Preferred embodiments of the present invention are subse-~
gquently discussed in connection with the accompanying draw-

ings, in which:

Fig. 1 is a block diagram of an audio gncoder in accordance
with an embodiment of the present invention;

Fig. 2 is a bleck diagram of a decoder for decoding an en-
coded audio signal;

Fig. 3a iliustrates an open-loop embodiment:
Fig. 3b illustrates a specific embodiment of az decoder;

Fig. 4a illustrates another open-iocop embodiment of the en-
coder-side;
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this value corresponds with the "pitch frequency". Preferred embodiments
of the present invention are subse- quently discussed in connection with
the accompanying draw- 25 ings, in which: Fig. 1 is a block diagram of an
vduherencoder in accordance with anpembodiment of the presemr2008/004496
invention; 30 Fig. 2 is a block diagram of a decoder for decoding an en-
coded audio signal; Fig. 3a illustrates an open-loop embodiment; 35 Fig.
3b illustrates a specific embodiment of a decoder; Fig. 4a illustrates
another open-loop embodiment of the en- coder-side; WO 2008/151755

m?ﬂ RET/ERZ0Q8(004496 Eig 4R dlustrates, a glesedoop.embodiment.af. e -

he encoder- side; 5 Fig. 4c illustrates an embodiment in which the
impulse eflﬁl&itor and the impulse coder are implemented within a
modified ACELP coder; Fig. 5a illustrates a wave form of a time domain

rFigpeeeh seg: 1@sment as animpnsedikasignal segmearinFighsb ilugitates ex-
a Spectfu@ﬁé@%?egwgnk%FlgméalsFég Ruillystigtes atime domain s ¢n;n

speech segment of unyoiced 15 speech as an example for a stationary
segment; ?—‘ld“%%ﬁﬁﬁ?t?a@g%‘gp@&ﬂﬁﬁ ‘of the time domain wave form of

Fig. 5¢; 20 Fig. 6 illustrates a block diagram of an analysis by synthe- sis
ri &E1F encoder;Stiga s &a taa 7 d dhustraterwoiced/anvaited expifationsgigaals seqg-

as an exaﬁ@%%f%rs‘;”@}r”%ﬁn%'ﬁ% and sfalionanysig- Z.palsHFi9. 7e

illustrates an encoder-side stage providing short-term prediction

information and the prediction error signal; 30 Fig. 8 illustrates a preferred
FigmBddiment brefe g9 spectrum of the segment of Fig. 5a;

Fig. 5c¢ illustrates a time domain speech segment of unvoiced
speech as an example for a stationary segment;

Fig. 5d illustrates a spectrum of the time domain wave form
of Fig. 5c¢:

Fig. & illustrates a block diagram of an analysis by synthe-
sis CELP encoder:

Figs. 7a to 7d illustrate voiced/unvoiced excitation signals
as an example for impulse-like and stationary sig-
nals;

Fig. Te illustrates an encoder-side LPC stage providing
short-term prediction information and the prediction
error signal;

Fig. 8 illustrates a preferred embodiment of the Fig. 43
open~loop embodiment;

Fig. Sa illustrates a wave form of a real impulse-like sig-
nal;
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open-loop embodiment; Fig. 9a illustrates a wave form of a real

impulse-like sig- 35 nal; WO 2008/151755 PCT/EP2008/004496 18 Fig.

9b illustrates an enhanced or more ideal impulse-like signal as generated
W2l impdise characteristic en- hancement stage of Fig. 8 PEFRy24B/004496

illustrates a modified CELP algorithm]iﬁmlementable in the Fig. 4c

embodiment; Fig. 11 illustrates a more specific implementation of the al-

gorithm of Fig. 10; 10 Fig. 12 illustrates a specific implementation of the

. algqgrith F . Fig. 13 illustrates another modified CELP algorithm _ |
Fi?rh pcPek{ 15n1m%n%éqé ll;lr#%gm%%:lge r}LchLa ﬁﬁﬁ%?‘rj;tgsr th@%’})eeraﬁ(gﬁ arL% odle%pu&hse ~like
illustrating®tH&éon-2MuBEE Bt ato ¥t tHeesigRarde deh abrakerastic en-
termittent operatiomof thedagpuise @égodér; 20 Fig. 15 illustrates an
encoder embodiment in which the signal encoder includes a

ri PSY Iaoac tic model: Fig. 16a illustrates P3.or MP4 ,

légod?ng/de%%%i%%tc%%‘%éesbt;gazgﬁd.l Jt.sét?ﬁ?ustra’tes glpggﬁﬁtié?%néﬁ@?r]rﬁmentable
concept; EfYy. T8¢ ifldSratés «2pbsdieeetoding concept; 30 Fig. 17a
illustrates an LPC encoder; Fig. 17b illustrates and LPC decoder; Fig. 17¢

Fidllustrates & codarimplementing switshed odingnwith 3% adynamigallt he a3 -
variable W%B%Qénﬁ’%ﬁ't% gl;:ig.ll& illustrates an MEPG-4 scalable
encoder; WO 2008/151755 PCT/EP2008/004496 19 Fig. 19 illustrates an

MPEG-4 scalable decoder; and
Fig. 12 illustrates a specific implementation of the algo-

rithm of Fig. 11;

Fig. 13 illustrates another modified CELP algorithm imple-
mented in Fig. 4c¢:

Fig. 14 illustrates the cperation modes illustrating the con-
tinuous operation of the signal decoder and the in-

termittent operation of the impulse decoder;

Fig. 15 illustrates an encoder embodiment in which the signal

encoder includes a psychoacoustic model;
Fig. 16a illustrates an MP3 or MP4 coding/decoding concept;
Fig. 16b illustrates a pre-filter encoding concept;
Fig. 16c illustrates a post-filter decoding concept;
Fig., 17a illustrates an LPC encoder;
Fig. 17b 1illustrates and LPC decoder;

Fig. 17c illustrates a coder implementing switched coding with
a dynamically variable warped LPC filter;

Fig. 18 illustrates an MEPG-4 scalable encoder;
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Fig. 20 illustrates a schematic diagram of an ARDOR encoder. 5 Itis an
advantage of the following embodiments to provide a unified method that
extends a perceptual audio coder to allow coding of not only general
WabghesargrEs with optimal quality, bu @Iso provide significaRtly/ERpHs@d96
coded quality for speech signals. Furthermore, they enable the avoidance
of 10 problems associated with a hard switching between an audio coding
mode (e.g. based on a filterbank) and a speech coding mode (e.g. based

ri8h the CELPaporeael)dhahwere degciibed Jreuioyslys fstead helow
embodiments allow for a smooth / continuous combined operation of
coding modes and tools, and 15 in this way achieves a more graceful
Figansilion AB1eHETREFER ike8HGHTAS 1 Fhe F8Itidifig TOnBRIAERITS frgpder.
a basis for the following embodiments: 20 Common perceptual audio

1t CQdera Nsipafilpehrnks gre wiel- suiterhipirepresepbsignashat@ay rovide a
unE‘?"%&OPn%'QEE%b'%HE% St&‘%é“rc‘isacéoss fre pild bt %“forathoeé 11
Stationaly over- time. Coding of transient of impu 8- ITEHGAOBE FisP al1ow
COIETHAMREbAEE CUteYs BERMEan afsifiéarifg BrteScatifg dresitioh cwerlity,
butimeand thpscandead $d pre-Echa@rfifactind signifitant pastiof speachty  for
spé&ighRls consistscof tr@iaa%@t.,émﬁﬁsy@ﬁes thet are QﬁdeuTﬁﬁ?d by the thm&,nce of
tis during voiced 30 spe with. a certain pitch frequency. These .
prgéoléée%‘tgaings%ﬁ&ﬁ?gseége &legr%forae [ |5§It t%%%é%’b@“ﬁte?%%%‘ii— Sased” audio

codengpitrd Audp-GdeReSERwWBtrdtes THiGE BT Bider 1 AcRie WP BBfuFPIing
modigndlepplitylwitred filo5 tensanRHidsed ppdirarsyistethdtis were described
pradvaniapeousIipsdecmpose e @d@bmmagﬂmmpﬁ%ie]!%e smooth /

. a 0 tionary com nts. The impulse;li
Coﬁggﬁﬂ‘?g‘% m%%%tﬁg% ecj5 %ﬁﬁ%a%ﬁica&?ed%%%%%e?ﬁ&? erea ter&Ol_s' and
10 diBrirad 18 hs WD 50681151 755 P TR ERH08/00%208 bHRe impiRBIing for
migeded \@ereas the other residual components may

The fcllowing considerations form a basis for the following
embodiments:

Common perceptual audic coders using filterbanks are well-
suited to represent signals that may have considerable fine
structure across frequency, but are rather stationary over
time. Coding of transient or impulse-like signals by filter-
bank-based coders results in a smearing of the coding distor-
tion ¢over time and thus can lead to pre-echo artifacts.

A significant part of speech signals consists of trains of im-
pulses that are produced by the human glottis during voiced
speech with & certain pitch £frequency. These pulse train
structures are therefore difficult to code by filterbank-based
perceptual audio coders at low bitrates.

Thus, in order to achieve optimum signal quality with a fil-
terbank-based coding system, it is advantagecus to decompose
the coder input signal into impulse-like structures and other,
more stationary components. The impulse-like structures may be
coded with a dedicated coding kernel (hereafter referred to as
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be coded with the common filterbank-based perceptual audio coder
(hereatfter referred to as the residual coder) . The pulse coder is
preferably constructed from functional blocks from 5 traditional speech

VW eiRISEHEmes, such as an LPC filter, in- formation on pulREBESREKG04496
etc. and may employ techniques suc t)as excitation codebooks, CELP
etc. The separation of the coder input signal may be carried out such that
two conditions are met: 10 (Condition #1) Impulse-like signal

th&h%ﬁﬁ@f?@csc@&é@PU'éﬁ&%%% inpt: Frefgrably tiednpyt signaldedhe s .y

Impulse coder only comprises impulse-like structures in order to not ,
be ydritedie UhEBsirEBDisPIBIP Bince theSHRR e B4gEMs B&gsshly fs audio
codptimized ttfsrsmitgrhpulsie dtruckgreshbutmestisigdgdnargdfor evefite pulse

cod@al) Signpk-eqrapanents. dB HERe e !, fﬁﬁéﬁﬁlg_ fonedikersignablocks from
npo S| IH]QHlﬁ 0] al tQryons w. C T
“”ﬁ%%ﬁ’;n‘%%%sa%%%hfény by t%egfilid‘;etée?\%gr%%-baég}? ?ogaegr 53 (%?dit%?%?’_ ln

£ o BATHGRIY S ddt FRpHSS toderesifibsl foP ik BiHuATERIRY: THeehniques
suggsidgaksigndlaviich isedded dytheCrdsidgdl €oder is preferably

Theengaiad such that afterdhe splitof thedrput signal. theskesiskialsigralds out
su fationary 25 Oovg&gi{gl , 8YeD 'q_{ltién%&s;ances where pulsgs are coded by
the pulse coder. Specifically, it is preferred that no "holes" in the temporal
envelope of the residual are generated. In contrast to the aforementioned
(Condithegroding sthewles al BBTonlifineds combatdiipnisdthenimpulgerul se
coa@dingm&resMe@mBng is mhie\ie_dsby ha,\:_zhj\gaaodems fthe imp_;u{sese coder
on&9derRpd-the, gesidyalicoder); and e assoriated decaders ryn,in,5e  gener-

. arallgl, oo sclmélltageo%&;ig, if the neeq: [grises. S ecificallt\ﬁ, ina greferred. 11
2L Way B Gperation. he Fésidual coder s aways 8p 35 erational, witile s <2+ +Y
oPfipdIzBEoBRr fSraHREhvABE It s Spetalion &SfouRdto et stationary
{obenefietal. WO2008/454783 2 ¢ ROIERP2G08/0044%Bher words, feeding

tone-like signal components into the impulse coder will lead
to distortions which cannot be compensated easily by the f£il-
terbank-based coder.

{Condition #2) ’I‘emporall‘y smooth impulse coder residual for
the residual coder: The residual signal which is coded by the
residual coder 1is preferably generated such that after the
split of the input signal, the residual signal is stationary
over time, even at time instances where pulses are coded by
the pulse coder. Specifically, it is preferred that noc “holes”
in the temporal envelope ¢f the residual are generated.

In contrast to the aforementicned switched coding schemes, a
continuous combination between impulse coding and residual
coding is achieved by having coders {the impulse coder and the
residual coder} and their associated decoders run in parallel,
i.e. simultaneocusly, i1f the need arises. Specifically, in a
preferred way of operation, the residual coder is always op-
erational, while the impulse coder is only activated when its

operation is found to be beneficial.
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A part of the proposed concept is to split the input signal into partial input
signals that are optimally adapted to the characteristics of each partial
coder (impulse coder and re- sidual coder) in order to achieve optimum
WS EKR1pEFdrmance. 5 In the following2@referred embodimeRESTARR008/004496
following is as- sumed. One partial coder is a filterbank-based audio coder
(similar to common perceptual audio coders) . As a consequence, this 10
A partial coger is well-suited to process stationary and tonal audio signals
‘ (%If?n iR’ ST B TES e SINEREY corfe- DoR@id thokesntanPut signal
1n§pudharesip butlieib asibitnsignals rwhich oentajrt meylipstatiapartiesto the
chaveictree i sidlvas Fan-ssients pansets or isdpidses (Which n.a co%er and re-
: tr repres tion correspond to "vertical structures”) .
i%@g@%gﬁgde{?éﬂasﬁaigwﬁ Pf g‘f’iﬁe%)a%wggse%vggoaeyr ihcey fgrance.
e pordl ShY&arify, BFEEERGES artPaE VBRI Ant cHafactaristiesintheis as-
supgbut signal. 20 The second partial coder is an impulse coder which is
working in the time domain. As a consequence, this partial coder is

on¥elssuited o piggess audiq signals which o ”é%‘@{“aa“ (81 SAANOR i1
+ ,OVer time, such as fransients, onsets or impuises_ (which in a Spectrog e
reprasentatis LofesPond BUiVeRtica SeSficturds”), butirit 16 EegREent this
Pastatipharyosttrtondl atriic —signdlsqwitich iraspestragrami repregendationt onal
aundowespdodds horzarial stricturespe briag i ANCOLS UCH-SIgRAISWItR 1 v o -

spdiritineydomain mpilse cadaryull lead iq distgrijons of to: pal sianal signals
whcgmporc1)(;1rt|__tsionr harsh so,undln%textures due to the 38 un(}erlymg Sparse

Hime domain repr%asréﬁyaﬁgﬁﬁf & QBREA&A BhitptY BF bdthBRe such as tran-
S1fiférbanRIied sidid BRedEeE andhehinis:demaieintpulse tecoderament a-

tisommedngstofoim the Updbe dyelall seeoded signgl (if hoth the impulsgncode
sudndheflies Ixhankhased cederamasiveal thesame ime) Kigyl, o o
pgggjﬁtrgﬁgﬁs Qn”ag#dlo erréc_oedﬁgorserécnocglrég an audio sig- nal 1110 aving an

impulse- ﬁe P fiof and asta%onary paor fverperant characteristic of
the output signal.

The second partial coder is an impulse coder which is working
in the time domain. As a conseguence, this partial coder is
well-suited to process audio signals which contain many insta-
tionarities over time, such as transients, onsets or impulses
(which in a spectrogram representation correspond to “wertical
structures”), but not to represent stationary and tonal audio
signals (which in a spectrogram representaticn correspond to
“horizental structures”). Trying to encode such signals with
the time-domain impulse coder will lead to distortions of to-
nal signal components or harsh sounding textures due to the
underlying sparse time domain representation.

The decoded output of both the filterbank-based audio decoder
and the time-domain impulse decoder are summed up to form the
overall decoded signal (if both the impulse and the filter-
bank-based coder are active at the same time).

Fig. 1 illustrates an audio encoder for encoding an audio sig-
nal 10 having an impulse-like portion and a stationary por-
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WO 2008/151755 PCT/E+P2008/004496 22 tion. Generally, a
differentiation between an impulse-like portion of an audio signal and a
stationary portion of a sta- tionary signal can be made by applying a signal
VrGeeRENtDp- eration, in which the | %ulse-like characterisCHEP2008/004496
measured 5 and the stationary-like chafacteristic is measured as well.
Such measurements can, for example, be done by analyzing the wave
form of the audio signal. To this end, any transform- based processing or
c1bRC PEAGRERHn Y] an olRarioceRRng call, DeRINAUIET I MUl e -1 e
ther anlo poPt

determiningn .. j.a ~. %‘ﬁof ueteYmi nmg as to wite lon'is

wa .

POEEsM8e fke BP nBHR13r 8x4MDl B1F0R attT AmMeRRMAIR W BrAfan sta-
tignastermirenahetan this thaclgobmanpphyeérform hasgeaksatoegslaing op-
eratieagularintenids, amneé peaks.Nsegulardntenais are.ever Mmore suiteli sy red

anP" BnRPeREBUKEAO0PT 133 ExNBIALL Lelplence 1§ AR [0 )05 5810 ey,
Sd. Here, im- pulse-like signal segments or S|gnaﬁ portions and's adnona.ry
Sugf&nﬁeﬁsg‘ﬁgfﬁi%ssig?ﬁ?poﬁfbﬁs AFEBREFplarfy FHSE sy, analyzing the
waBpedifically, Evoided spedth as HiistrhtedTn Figh ba irethe, 20atige dommait orm-
baaed ipEigzabsinrife JicqueDCy tlommain indiso eussefl aspREX@MIefQi ng can
peaBippulseaike signal parten..and, an ugvoiced speech segmentasan .\ .. o
example for a statipnary sig- nal portion is discussed in cénnection with
POE e ARd 58P %?pseee‘ciﬁlé%en goeﬁetx?:ﬁ’l% bé TlaSfieFEETBIRd TohvdRel, 2t
LiBp2SiamAdd TitERantRirEq @ty Hontidat piowd fer sengibd voltkiandtime  do-
ma iinvoicatksefmrenthace shovsindtig. badol1sd Veiced spegehds quaskrvals,
an@eriodia o the time domain and bagnewicallystructured, in the Essaggacyfor a

domain,while unvoiced speed is random-like and broadband. In addi

f

ition,

*Pihe enérgy of voiced segments is 30 generally higher than the energy of
unvoiced segments. The short-time spectrum of voiced speech is

Exeharattdrized eifs faecandiformantsstructuie gde file hasmoric Here, im-

pusuciiiads & cansequangeeehibe guasingriodicity, of seeachand aybeonary
siskal segments or signal portions are exemplarily discussed.
Specifically, & voiced speech as illustrated in Fig. 5z in the
time domain and in Fig. 5b in the freguency domain is dis-
cussed as an example for an impulse-like signal portion, and
an unvoiced speech segment as an example for a stationary sig-
nal portion is discussed in connection with Figs. 5c and 5d.
Speech can generally be classified as veoiced, unvoiced, or
mixed. Time-and-frequency domain plots for sampled voice and
unvoiced segments are shown in Fig. 5a to 5d. Voiced speech is
guasi periodic in the time domain and harmonically structured
in the freguency domain, while unvoiced speed is random-like
and broadband. In addition, the energy of voiced segments is
generally higher than the energy of unvoiced segments. The
short-time spectrum of voiced speech is characterized by its
fine and formant structure. The fine harmonic structure is a
censequence of the quasi-periodicity of speech and may be at-
tributed to the vibrating vocal chords. The formant structure
(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 time spectrum of voiced speech is associated
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tributed to the vibrating vocal chords. The formant structure 35 (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
Wehwraf Evelope that “fits" the short time spectrum of voicBAHBRMER 164496
associated WO 2008/151755 PCT/EP2008/004496 23 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

wi%hiqj%‘%ret IJ,’e rmggtgrél'gg ef%)rmg?ts are gh%ﬁasonam ?es 0 thgn501 he

vocal tract. For the average vocal frac there are three to- five formants
SPYRIR B k! Fhe! AmPRudEECEAT Focattiifs dithet fitst fes tedmaned se. The
spasualy oecreihgbelow 3z ace guite eidnortamt beth, orf speads which are

ca Byathesis andhpeyception. Higheintoemants are alse 4pparant fgrwide of the

voé)e?fd ?{'QCL{PVO'QSQ SQE%Cha%% rep rese(rjga% qns, Theé:)r%?gr}fles o&\eipegﬁhee o
are related to th 51 ysical st%)eec production systém as ollows Woice

LivgeloRmanisd By éxditiAg tHd ot Wit geas-peripaicigpe af the
f i gdtpuldegeraratethy thewsibedting voral:chdrds. Théorequekicy ofthe quite
imperiogiccpulseds refarred dp asdhe pdanksmentahieqdepew of PYRN. tigher
mILg&vaé%ed %eeghggp C?Qa% fc%rc ng air, thr%u%h a constrlctlon |n gh speech

vocal tract. Nas Sounds are due {0 the acoustic coupﬁlng ot the hasal
TeRERE 15 RS VOREI trd CarkiPBERE SN A< artPSithicéd By aBAfRRA to the
physleashgabesibpessdiecwhich was beitt @s béhihtiahe clokZEsdresipgheh is
préepstethusy astationary posdonyetie audie signat sagbesa sgﬁegm@& glot-
ta:pora;@y 'rbtrfs%@e gamain agdllustrated n '6'99%5‘-&9 Stﬁg'é? @0“'8“ The
in the frequency domain, which is dif 25 ferent e |mpu se-li

Lr b Es fittis ¥&%d?§rfé>?aﬁ»ﬁcp|8%%?g 53, §5& T T facPthabthehe funda-

et

meriondriyPoesEin he timetdmairldsed aedsheres@minent repedtisgd by

foprdses. Asrwitlhecauttined latet oy, howdesmer, the diftereniiadion bea 8veemnasal
sohationary pariions anermPyIse like; Borigns CANAISYE the nasal tract to
the wvocal tract, and plosive sounds are produced by abruptly
releasing the air pressure which was built up behind the clo-
sure in the tract.

Thus, a stationary portion of the audio signal can be a sta-
tionary portion in the time domain as illustrated in Fig. 5c
or a stationary portion in the freqguency domain, which is dif-
ferent from the impulse-like portion as illustrated for exam-
ple in Fig. 5a, due to the fact that the stationary portion in
the time domain does not show prominent repeating pulses. As
will be outlined later on, however, the differentiation be-
tween Sstationary portions and impulse-like portions can also
be performed using LPC methods, which model the wvocal tract
and the excitation of the vocal tracts. When the frequency do-
main representation of the signal is considered, impulse-like
signals show the prominent occurrence of the individual for-
mants, l.e., the prominent peaks in Fig. 5b, while a station-
ary spectrum has quite a white spectrum as illustrated in Fig.
5d, or in the case of harmonic signals, quite a continuous
noise floor having some prominent peaks representing specific

tones which occur, for example, in the music signal, but which
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30 be performed using LPC methods, which model the vocal tract and the

excitation of the vocal tracts. When the frequency do- main representation

of the signal is considered, impulse-like signals show the prominent
WELEWE&HCESof the individual for- mants, i.e., the prominent pBekETAMs04496

5b, while a station 35 ary spectrum hg quite a white spectrum as

illustrated in Fig. 5d, or in the case of harmonic signals, quite a

continuous noise floor having some prominent peaks representing

specifi e ich o re le, in.t sic.sign whigch .
o T E R T LSRR 21 ook e mLdh s Foguart™ ™
PUisiahdd frofi 8REH offeraSthe’i- pulse-like signal in Fig. 5b.

Furthermore, impulse-like portions and stationary portions can 5 occur in
rugdiraelygpannempel suhich maeans-thadagpaition et dhe angio/sigealifons can
oc e izstatiopgr. ayd ageifier portian of e gHcipaignal b dmes porcion of

impulse-like. Alternatively, or additionally, the characteristic of a signal
theah WeiditrerkoRan d?ffbréﬁt’“ﬁeqh%n%{jao%’n%?ﬁuﬁriﬂe ABRTRfAaRpE Eion of
thevhetidid 0 sHeraadio siynslinstationdmwt impulsekike, dditalspatd vely, or
add@erfopnedfiequensy-saleelive épitbat a cerain fregency band K different

in SGYE %%ﬁ%inff%%%@&%yb%@? considereq 1o pe Sia-HANAY AN whecher
other frequency bands are considered to be im- gugrse-ll_ e, In this case, i\ b

thee @A thedHiBh of-the Sbdlo 28 ¥ighal ightbhide an fnpulS8iike ts© e

pe pbetigreand asstagosaty Spériohl The Fg thehcdderariBadimiert Mitduges band

or aB#npuise extractorrl 0 ffos @xépeting thelknputse-likenpdriendtom thebe sta-
r184din sianak 20 fhe imnulse extractgr 18 includes ap inopylse.coderfohe  im-
encgg |2%3t-h_e mptﬂls,e-llke portion to oggngntenrggd_egyp glseéll ite audi
Puliiat AS wille Shoviin &8P 6n th& Thptifsd extfactis and°the actda 10
s ignedding Pperatioflctithe BepaiateP Rom E5cHP Ol Dr édfb@ stationary
pogotnkined so that one obtains a single algo 25 rithm such as the ACELP
algorithm in its modified form as dis- cussed in connection with Fig. 4c.
The Fig. 1 encoder emboediment includes an impulse extractor 10
for extracting the impulse-like portion from the audioc signal.
The impulse extractor 10 includes an impulse coder for encod-
ing the impulse-like portion to obtain an encoded impulse-like
signal. As will be shown later on, the impulse extraction and
the actual encoding operation can be separated from each
other, or can be combined sc that one obtains a single aigo-
rithm such as the ACELP algorithm in its modified form as dis-

cussed in connection with Fig. 4c.

The output of the impulse extractor 10 is an encoded impulse
signal 12 and, in some embodiments, additional side informa-
tion relating to the kind of impulse extraction or the kind of
impulse encoding.

The Fig. 1 encoder embodiment furthermore includes a signal
encoder 16 for encoding a residual signal 18 derived from the
audic signal 10 to obtain an encoded residual signal 20. Spe-
cifically, the residual signal 18 is derived from the audio
signal 10 so that the impulse-like portions in the audio sig-
nal are reduced or completely eliminated from the audio sig-
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The output of the impulse extractor 10 is an encoded impulse signal 12

and, in some embodiments, additional side informa- 30 tion relating to the

kind of impulse extraction or the kind of impulse encoding. The Fig. 1
Vet émbodiment furthermore inclydes a signal encodePdBEB008/004496

encoding a residual signal 18 derived from the 35 audio signal 10 to

obtain an encoded residual signal 20. Spe cifically, the residual signal 18

is derived from the audio signal 10 so that the impulse-like portions in the

naaudiaisige nahanetaduceder conapletelyigfinainated from theaudia SIgWE sta-
tfg%g¥}5 E@éEé%PCEZEBéOQﬁ@Oé%QQigﬁaEg;%@@%@%%Jﬂgéﬂﬁﬁ% gen ex-

signal still includes the sta- tionary portion, Si he stationary poriion has
E RS e P Ex- A IRY R P ERFadBr 10. 5 Furthermore, the

inventive audio encoder includes an output interface 22 for outputting the
F@mmmu|§er&_'gnah&an&menmdeﬂqeﬁ'm&anah%(&m&eK an output
irf@iiable. the sigeiniar: mation 14 t&%btéﬁ‘c%%%?cg%%%@@a's%”'hﬂie 12, the

output.interface 22 does nqt have to be a scalable datastream intertace <’

=1pid B¢ 105Rg B Ecadnidfitastibafichlis AFRENIR LemahAEr thafiqhd nfor-
magicietiresRivabPSRjal and encededdett pmsulse $ignBhearuipdecddetk rface
22independent af ®ach tothere and edasefbl sigaalis seliained; Puetohe produc~

infgctdhatneither thegncaded.impulse; signal, northe.encoded residual -\ o
thsélgn%lcvglgebcf an ?EQ{?ﬁ'gsw ?]_allwnh Ign cceptable audio quality, L
ohfy one “sigial Without e bitfer SRfrT Aded Mt hiskeSdmpal can

fendering o )
besefgeqAFrefdtraPeRiRiiimeits SRsls, Bidadtputinterface 92foah cgarmal is
okdtelinaxiconipletely dit-efficiefid amannas witheutthaingthewerny-abedt thepul se

s i¢piasiream: and avhetherdbgan be dacoded {3,820 sealableway ornaf; | sig-~
na'f a}a&rgfle_rraerg egg:t():%dlmgbn ,.the @/fg_tlve glﬂlg dec?:%er in- cludes a

residual sighal generator 26, The residdarsigal’ generaror 98%s 88aptedy one
S"r‘é??éceﬂiirg@ audis sighaefo ahifps InfeiRtion 28 rélativy tertie sense  in
prefravted impolseisigndlsporTiians, areeforotitputtinghtherresiduat sSignah oper-
atd8 whichhdegSnpletely bit-efficient manner, without having to
worry about the datastream, and whether it can be decoded in a

scalabkle way or not.

Iin a preferred embodiment, the inventive audic decoder in-
cludes a residual signal generator 26. The residual signal
generator 26 is adapted for receiving the audio signal 10 and
information 28 relating to the extracted impulse signal pozr-
tions, and for outputting the residual signal 18 which does
not include the extracted signal portions. Depending on the
implementation, the residual signal generator 26 or the signal
encoder 16 may output side information as well. Output and
transmission of side information 14, however, is not necessar-
ily required due to the fact that a decoder can be pre-set in
a certain configuration and, as long as the encoder operates
based on these configurations, the inventive encoder does not
need to generate and transmit any additional side information.
Should there, however, be a certain flexibility on the encoder
side and on the decoder side, or should there be a specific
operation of the residual signal generator which is different
from a pure subtraction, it might be useful to transmit side
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not include the extracted signal portions. Depending on the

implementation, the residual signal generator 26 or the signal encoder 16

may output side information as well. Output and 30 transmission of side
WRMIHATIGR 14, however, is not necessar- ily required due tafHEERROS4E406

decoder can be pre-set in a certain c%%iguration and, as long as the

encoder operates based on these configurations, the inventive encoder

does not need to generate and transmit any additional side information.

in¥3 Shouidihers, howevei e certan febilian e anpoder side and o, ¢ -
cad the dﬁlc:é)dermsnlgghorishoql therg be a specific operation of he ‘
fesidual-signal generator WRIch L difffenf St Slpurd 80BF&&toROEtLons  of

thigight Hergskraas teshisdigealO2008/ 155755 PETIPR2008/004496 on the
en26dirformatien tmthe decagersodhatibewecoser aBd-speifi-«cally e resig-

uaformbingr wighin ke deggdet, ignares portions of the decoded residual
signal which have been introduced on the encoder side only to have a

_smooth and non-impulse-like resid- 5 ual signal without any holes. Fig. 2
Fiflusttated ‘dipieteired decodeifanbedimestoe deesting imerncdded decoding
anaediosigraladiwhichiigtbe same.sigpnl asistil- pHiRY he@utPUts is out-
pulntasfacer2. Gengrally; he.encaded audio. 10 sianal 24 inclides an o 4 ug;
siggquegqimpgclzsleﬁ%essiggal and an gn-,code residual signael. The

ecader may comphise & deESGGIR pdt Rtrfifcel2d for ekfRetngfthé an en-
CogdRtodstPinpdise SRz, TheersRstpiosiiial Siomar26earm thesider in-
puthfomiativtet4 f26mihe eagoded alokio signakaéctieenrededinpylgea: 12,
thsigdaalc?a%&a isﬂagmaﬁm&ql«':lryhjrea@%e @@99%@0{%&%(?9@:9 %%gp,—na ion 14
pulse:like, signal.using a decoding algorithm adapted to a_coding
f;g%oeﬁ%hgrn éis%%%r% ge%%%t?ng% %aﬁlgoggd iran%%ﬁlseeﬂﬁ(%% atMR L 86dirvg 9nal
al

SrithAPES whBUdedh BIBEK 18%f d8igoder TR dévlleripamging the en-
coﬁjqﬂqeimmd eomprises asigrel 20 slevgder 3@dovdenading the-ereadeddapted
toresidisal ﬁi@n&ll@i}”}gi@hﬂ\em @@Prmm%‘% e E&OQH}QO@'SQVF'I}KEMS e~
11 Heed fgraen- qrating the gnggded sesiduglsignal, Le., acoding algorithm | -
Fig. 12. The decoder in Fig. 2 furthermore comprises a signal
decoder 32 for decoding the encoded residual signal using a
decoding algorithm adapted to a coding algorithm used for gen-
erating the encoded residual signal, i.e., a coding algorithm
used in block 16 of Fig. 1. The output signals of both decod-~
ers 30 and 32 are forwarded to an input into a signal combiner
34 for combining the decoded impulse-like signal and the de-
coded residual signal to provide a decoded output signal 36.
Specifically, the signal decoder 32 and the impulse decoder 30
are operative to provide for selected portions of the decoded
audio signal output values reiating to the same time instant
of the decoded audic signal.

This characteristic will be discussed in connection with Fig.
14. Fig. 14 schematically illustrates an output of the signail
decoder 32 at 140. It is illustrated in Fig. 14 that the out-
put 140 of the signal decoder continuously exists. This means
that the signal decoder (and the corresponding signal encoder)
continuously operates and always provides an output signal as
long as the audic signal exists. Naturally, only when the au-
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used in block 16 of Fig. 1. The output signals of both decod- ers 30 and 32
are forwarded to an input into a signal combiner 25 34 for combining the
decoded impulse-like signal and the de- coded residual signal to provide a
W 9#ad Bitput signal 36. Specifically, the signal decoder 3Z Eiid216/004496
impulse decoder 30 are operative to fovide for selected portions of the
decoded audio signal output values relating to the same time instant 30
of the decoded audio signal. This characteristic will be discussed in
_connection with Fig. 14. Fig, 14 schematically illustrates an output of the
4 Qi UocbHieP 33 140°1 16 ISHRATR G, Th ot BPBLrISpRTAYE S
we bf the sitpril teesded comihubiuBLeds@NThis meamsOtt 2y Byl
decoder (and the corresponding signal encoder) continuously operates

Th n%s@zf% pr[%'gesi%n qugut sighalias \|ang 2 the aydio signahdstgie coder
aturally, only when the au WO 2008/151755 PCT/EP2008/004496 27

Ot fradh fs ovE Bid gl decoder vl Sty ASBAR a8 el dnddat there

ar¢hgress roniapit Signaktov8Hedtle Brstoec Theeeond lift iR Figmpplse de-

codlustratesthe impulse deander fettpihh4?. Specifieallyi i3 outiged insignal

a1 &% d¢ hatthers are portions 143, dayhich there does NOLEXIBIAR portions
impulse de- coder output due to the.fact that the orlglnaljaudlo S nlal hdé{%l sta-

1 fot HRVE LRY statonaRPcdt %gﬁenrt%r}‘r? tHESE e Portiohs 145" Bowever, 5

t 1 ¢ ey OthRTEIATE PS RioAB R si iR heR PSthi KR tiGRAY ToRidShe & andisf  im-

pulmpuiseike conpanentss anrd-the imnpulsedike bgmponentsepelse  decoder

oudpherated by the impylse g?ﬁ%deffOQH%ﬁsTm@ in thedimeperians14ovide
both dec%ders pr%v.ldg oul:[ ut values &vh&ch e%[rﬁerelgé%% totthe sametime . _

U RN S S cBdad sigana. I—quever, in t%e Ime portions 11’2% the output

de ¢gdgghat b Londief e reldidud? tightPBeE5Her GtRSut stk dbB€ nphtput

sibawé aoylopntringiostFomthe impukseidboodes.ikiga 3a dkstetes qutput and

do REefgHederphodimetnf o eneads in fokottallednensoogecoder .
configuration. The impulse extractor 10 20 includes a general impulse

extractor for generating a non , ,
Fig. 3a illdstrates a preferred embodiment of an encoder in a

so-called open-loop configuration. The impulse extractor 10
includes a general impulse extractor £for generating a non-
encoded impulse signal indicated on line 40. The impulse ex-
tractor is indicated at 10a. The impulse signal 40 is for-
warded to the impulse coder 10b which finally outputs the en-
coded impulse signal 12. The information on the impulse signal
on line 2B corresponds to the non-encoded impulse signal as
extracted by the impulse extractor 10a. The residual signal
generator 26 is implemented in Fig. 3a as a subtractor for
subtracting the non-encoded impulse signal on line 28 from the
audio signal 10 to obtain the residual signal 18.

Preferably, the signal encoder 16 is implemented as a filter-
bank based audic encoder, since such a filterbank based audio
encoder is specifically useful for encoding a residual signal
which does not have any impulse-like portions anymcre, or in
which the impulse-like portions are at least attenuated with
respect to the original audio signal 10. Thus, the signal is
put through a first processing stage 10a which 1s designed to
provide the input signals of the partial coders at its output.
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encoded impulse signal indicated on line 40. The impulse ex- tractor is

indicated at 10a. The impulse signal 40 is for- warded to the impulse

coder 10b which finally outputs the en- coded impulse signal 12. The

wafarsatoidson the impulse signal 25 gigline 28 correspondsPoTtR@2008/004496

non-encoded impulse signal as extracted by the impulse extractor 10a.

The residual signal generator 26 is implemented in Fig. 3a as a subtractor

for subtracting the non-encoded impulse signal on line 28 from the audio
Speignal d9ltbygbtaindhepadidualrsignsl ddr 30HRreferablye the sighato generate

ouheeder i isimplementad ag @ filier bank.based gudio, encader; $iNCe . ooy -
13 ggc_t;dal flg%rsbsang bgs%d ggq%)ne cod{eg |2_sp,eC|f|claII useful for encoding a _
résidual signar which JoasR8t have ARFimpTIR& G poffiits ahpRifttees im
PUbF §T 8% KhicH- geaikfpulstotke Goredis- are &t leddtattsrsd@dadithsignal for
theespest thithe origikat atdio signab20:rThys, shesigral is puhthsoughsa i1ius-

t ri*E%thrQ?P$§!L’?9. stage 10g v hi‘;kE;lﬁ%f‘eSl%P&fé’c PIOYde Lg NPUi §IgNals: ract s
h of the partial coder atégso%qtgg : V;/Od%gogl_l51755 28 _ _
PCT) Eg;ﬁbéﬁd&? ERificAfy SARLSpItiRY Bight AR is bherative to
generate output signals on line 40 and line 18 which fulfill the ear- lier
Theliscessethednditiom {tha inpliseater seeeives/im=quiserlike sigralS)mpul se
s i @hgicopditionaa gha sesidualsignal fang theggidual coder héé_e@méafibro sub-
ey sn%olocghe%). Thusif?\]l%i S!Iggiggted in ﬁ% 3%, E}hegwgu&s&ext actio emodu d
Da extracts the Imptise signal from the addio hput Signdl T8, The P =orme
By redif6al SIGRAURER getehated by RATGARG tHd ngiles 186 sighse frsRgion of
theheagwdio irpugnEhis remavalearsbe dpné dy-sSubkdractidn astusirdicatedignal
that Figasaphut £ap:alee be pexforned HyiQthes Measyies UGS 10 by ap-
prRRIPGH0 INa inyseikg ceaan of, fue audio signal oy g less mpulselhe o
. (“flattened") signal that can be derived from the orlgri)na audio &gnaﬁ"i%
I YEad 5 bPGprité tinfidarkditafity bPhidMRIAGST b tifeditel Glondn the
cong ¢ lefvand aight dfthe dvpulse-likeagegork 0h thé &orskeeutiveoparsdleb ignal
(i cogdingsstages 10b-tachedppalsesignalted impulse coder 10b and the
residual signal is coded preferably by a filterbank-based au-

dio coder 16,

In a different preferred embodiment, in which a time portion
of the audio signal has been detected as impulse-like, a pure
cutting out operation of this time portion and encoding the
portion only with the impulse coder would result in a hole in
the residual signal for the signal coder. In order to avoid
this hole, which is a problematic discontinuity for the signal
encoder, a signal to be introduced into the “hole" is synthe-
sized. This signal can be, as discussed later, an interpola-
tion signal or a weighted version of the original signal or a
noise signal having a certain energy.

In one embodiment, this interpolated/synthesized signal is
subtracted from the impulse like "cut-out" signal portion so
that only the result of this subtraction operation (the result
is an impulse-like signal as well) is forwarded to the impulse
coder. This embodiment will make sure that - on the decoder
side - the output of the residual coder and the output of the
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(if present) is coded by a dedicated impulse coder IOb and the residual

signal is coded preferably by a filterbank-based au- 20 dio coder 16. In a

different preferred embodiment, in which a time portion of the audio signal
WehHHEr d8tected as impulse-like, a ppige cutting out operatiGHE2GRI004496

time portion and encoding the 25 portion only with the impulse coder

would result in a hole in the residual signal for the signal coder. In order

to avoid this hole, which is a problematic discontinuity for the signal
impicbeler desigaartocba irtfduead inedhértholetiésr sydhebsizéd. Ehis decoded
s isjgral camber as dissussadiigt, ansinterpalg-30 tonsignahana Meighied oyt -
per8ieB ol e odginal sianal or,3 oise sid0gl Bauing & certa eneray In . ¢

.one embodiment, this intefpolated/synthesized signal is subtracted from
sjtﬂ@?ﬁ'npu%’@lil@“%u?—bﬁ?'aﬁ&ﬁé‘lgpo? o 8o og‘frﬂﬁ’a% oy tHeYrelaR o hipoth de-
cofiprracion bpepatic iherésak is an impulse-like signal as well) is

forwarded to the impulse coder. This embodiment will make sure that - on

ide ¢ esidual coder and the qutput of the
S S e e B T, b “oenexa-

CoritinedRA brdér R bbtaf e dsioddy sififal h3fsssfBodiment, all

signals obtained by both out- put decoders are always used and combined
Ado sbtaie theveutput ,Signat ane-any: diseardigofiary owputefany RNe0fs i gnai
ciftgens coderulngidaks pace, SUBSRINAN kOheL BTOOIINER'S Ol tion
h% residual signal genera- tor 26, apart from a subtracth , are discussed.
c)ftlo RE statsa %e]so]rg?gn]timles-vﬁﬁ?éﬁﬁ Taitng Bf Fedudig sigHaF tande Pe used
L Yorec Sherdicalg, dd86oiasaininfsuss-tike pértiore ot audidwigdalwith a
sds Hixtecteth et sealing faetorcanleasusech for scabingothe timg-daaole, even

ie;e?én@ﬁﬁﬁr the auqlli%ilgg&@tlﬁwii%él §T9Fr}|@ggé‘%§%§%ee°§2§§§ g%?}'}e@éy%f the
E exampie, eve e an 0.1. IS [es | . .

’feegnlegk‘dg‘}q‘of ﬁnjég?égdﬁé 5.‘3%% atthe tive fo‘éﬁjo&i‘n WHNER theBidiB &Rl S1onal
15s iipNsESKe . Kweliak GN ebntrdst (6 Sy Settikg t§ OWPly setting to O

the original audio signal in this impulse-like period, the re-
sidual signal generator 26 makes sure that the residual signal
does not have any “holes”, which are again, instationarities
which would be quite problematic for the filterbank based au-
dio coder 16. On the other hand, the encoded residual signal
during the impulse-like time portion which is the original au-
dio signal multiplied by a small scaling factor might not be
used on the decoder-side, or might only to a small degree be
used on the decoder-side. This fact may be signaled by a cer-
tain additional side information 14. Thus, a side information
bit generated by such a residual signal generator might indi-
cate which scaling factor was used for down-scaling the im-
pulse-like portion in the audio signal, or which scaling fac-
toer is to be used on the decoder~side to correctly assemble
the original audio signal after having decoded the individual
portiens.

Another way of generating the residual signal is to cut out
the impulse-like portion of the original audio signal and to
interpolate the cut out portion using the audio signal at the
beginning or at the end of the impulse-like poertion in order
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the original audio signal in this impulse-like period, the re- sidual signal

generator 26 makes sure that the residual signal 20 does not have any

"holes", which are again, instationarities which would be quite problematic
WRrHiE fit&¥bank based au- dio coder J§. On the other handPSFEEEAKEAEH96

residual signal during the impulse-like time portion which is the original

au- dio signal multiplied by a small scaling factor might not be 25 used on

the decoder-side, or might only to a small degree be used on the

tod fide, This fagtinay e signaled by cer- taim additional sidfever, no

lor|1n gi’malti!r?éhyfétq% ?a Squ%inforgn%aéggggqagceﬂgﬁat%%rqy csﬂlicsh a geeSIdquE.ic!;naled
Sigial gé graﬁor might indi- ¢ate wWhich scaling factor was used for
by déwrkBe&&lingithe 50 PiléE€ARE pbPiondh thetdudid BiyRal, BERRIcht LY Pro-
videalinghibortatisdo beaseddiom thetdecotepsicesto codriottly assenibieal cod-
indhe ariginalaudia signahafier baviag decoded the-indpddualipertions. Ihe de-
AnotherciNay of gen rating the re 'd& Isi%n Ii%to cut out thf imsptulsq:-lgke
coder. s1 F a &) 1Lne cdrl ?u 2 egliete, oﬁ‘l at 8? =1 ehuate
portion of the original audio Signal' and to Intefpolate the cut out portion™
Lo y3in§ehé atdioc'SgRgrat the cosHTaAgdr ‘é?ﬂi@éﬁ&%?ﬂ%é’ﬁnﬁﬁet-h‘ﬁe inter-
po pattiah inardépiO PROSHEI 786 RET/ERRDE8I0H96280 tepmiiteded via
a &eptinueus audio;signak, which is;however, no longer impulse-like. This
interpolation can also be signaled by a specific side information bit 14,
which generally pro- vides information regarding the impulse coding or

FugitarB8d % ingtor feshtiuidl STifft gbReRitdh cHardAEridhisS Bt e gégnal so

thgbder sithejerdomibsingr canffadly delete, wrcatisast AltbAuatenw déartaimariant
scaegrre, tha-decoded represantalips of theeintegopalatedhpoitiopaThe, but is
coxg%%%eoﬁﬂrsgy'_céé@{?cc b siopaledovia g gertayn side information g 10,4 o

thermore, it is preferred to provide the residual signal so that a fade-in

-argppd R GtRDctlrs FPRudIRE iRt v iEntP 84y Factor fs i8tbrufii? L + 79

fagtpto aismalbvdllisubysity increased to a scaling factor in the
regular mode, i.e., to a small scaling factor ¢f 1 for an au-

dio signal portion which does not have an impulse-like charac-
teristic.

Fig. 3b illustrates a decoder which corresponds to the encoder
in Fig. 3a, where the signal decoder 32 of Fig. 2 is imple-
mented as a filterbank based audio decoder, and where the sig-
nal combiner 34 1s implemented as a sample-wise adder.

Alternatively, the combination performed by the signal com-
biner 34 can also be performed in the freguency domain or in
the subband domain provided that the impulse decoder 30 and
the filterbank based audio decoder 32 provide output signals
in the freguency domain or in the subband domain.

Furthermore, the combiner 34 does not necessarily have to per-
form a sample-wise addition, but the combiner can also be con-
trolled by side information such as the side information 14 as
discussed in connection with Figs. 1, 2 and 3a, in order to
apply a time variant scaling operation in order to compensate
for encoder-side fade in and fade out operations, and in crder
to handle signal portions which have been generated on the en-
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continuously reduced until the small value and, at the end or 15 around
the end of the impulse-like portion, the small scaling factor is continuously
increased to a scaling factor in the regular mode, i.e., to a small scaling
Wia2t8#/6111or an au- dio signal portion,which does not haveB4i/EP2008/004496
impulse-like charac- teristic. 20 Fig. 3b illustrates a decoder which
corresponds to the encoder in Fig. 3a, where the signal decoder 32 of
Fig. 2 is imple- mented as a filterbank based audio decoder, and where
co&@&sﬁg;‘:d@ll @@mbiﬂﬁff@béﬂs Hnelemg%? aﬁi@ﬁﬂ@'ﬁﬁwisg@éwefzsz%y inser-
. Alternatively, t inagi rforme the sighal com- biner 34 can__
tl@#éo_%%%%?é?%%g?g}me réoqnl}g%cy o%ﬁ?nx Sr iﬁcgm%lggdbawnde Gomshe resid-
uahGided hATRE FfpGke HcdderoRPaAd e fikeriepk ided ausiiple-wise
sulglecader 82 prvide ndiput sighalsn 3Cinghe ffequetnioy domain odétthter-side
coﬁ&b@@ﬂdQ@T@H&fUB@ﬂ”EEQd@&&QQﬂymﬁéﬁ?QQ%%QQt@%ﬁ@sﬁﬂformation
2 10 per- a -wise iti t the combiner can also be. .
o BT Er il Bro e e S 40RO TRAT: THh geres ciona
Prfisited iﬁ%’%ﬂﬁeéﬁ‘éﬁlv\ﬁtﬁ Figger, £aA8 R ofdertbdIapplysamheng -
variant scaling operation in order to compensate for encoder-side fade in
rodngdade aut opesations. and isorden do handle sianal pedionswhich = .| the
PT/GE2008100440%
[ tio

g1diavebegnganerated on tPfletr_éd%%% 28?’&?&@% g which

31 coder-side to flatten the resi sighals, suc asaBy inser- tion, _ ,
TR otAETH:, of Ginfetvatiant Bcalimyt Wien, the fesid ! Gal Storra tRoRRe  1r-
pubeeis epleragie pdriorntad shiedle-nise lsifrracliph eslihdicatad innkigude an
LeGaathemtbe depedrirsidehcombines B34 wilhnos eequire igmpadgitiongl and an

Lpdidg information, apd will perfarm.a sampig;wise.addiian M@g&é MY 35 g1-
Lud dgzlit{:onc?l ipro%%55|ng4steps su_ch as ;‘a_de fai_cge 8Ut’ or signal 5caling. For .

Voiced Speeth stghials, the Bhaitatiohsighi 1id- Cfift 1y g1fftal FRBUIsERCP  im
plegpgifietdPBy the human vocal tracts which

Specifically, the audio signal 8 is input intc an LPC analysis
block 10a. The LPC analysis block produces a real impulse-like
signal as is, for example, illustrated in Fig. %a. This signal
is input inte an impulse picking stage 10c, which processes
the real impulse-like signal, as for example illustrated in
Fig. -%a, in order to output an impulse signal which is an
ideal or at least a more ideal impulse-like signal compared to
the real impulse-like signal at the input into the impulse
picking stage 10c. This impulse signal is subsequently input
into the impulse coder 10b. The impulse coder 10b provides a
high quality representation of the input impulse-like signal,
due to the fact that this coder is specifically suited for
such impulse-like signals and due to the fact that the input
impulse signal on line 48 is an ideal, or almost ideal, im-
pulse signal. In the Fig. 4a embodiment, the impulse signal on
line 48, which corresponds te the “information on impulse sig-
nal” 28 of Fig. 1, is input into an LPC synthesis clock 26b in
order to “transform” the ideal impulse-like signal which ex-
ists in the “LPC domain” back into the time domain. Thus, the
output of the LPC synthesis block 26b is then input into the
subtractor 26a, so that a residual signal 18 is generated,
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can be inverted by an LPC filter. Thus, the corresponding im- pulse

extraction for glottal impulses typically may include an LPC analysis

before the actual impulse picking stage and an LPC synthesis before

wentdgatngihe residual signal as is il 15 lustrated in Fig. 4a,PUMEn2®8/004496

additionally, an open-loop im- plemerﬁation. Specifically, the audio signal

8 is input into an LPC analysis block 10a. The LPC analysis block

produces a real impulse-like 20 signal as is, for example, illustrated in

Fig. 9a. This signal is input into an impulse picking stage. 10c, whic ,
{5 Gooktod e ot FABOILe. MRS Lyt Beor el Mhal rioager 10~
clgie $n drder towkesut aRLHpUEsigivnvAfen iedn Mealbeatisgsta impulse
signare ideal impelsedike signal.cornpared 025 the terldmpulsgnlike signalrator

26 ahinegnput into fhe impuise, Hieking ?.Bag?i]g.c- hhis yopylae sighal igynehesis
subsequently mgut Intg the impulse coder IOb. The impulse coder lob
blcb%vi%i%@ £ HyH-GGalRYPEFRSERTatvIof the input impulse-like signal,
due to the fact that this coder is specifically suited for 30 such impulse-like
ThSigNAs: and tlee e he fact that 1ipe inpus lipgadsa signaken ined8 sasynthe-

s 1 ddealyoralmostigeal. jmspuise signak 4ot Eip- A2 ambedifanti heyich re-
impulse signal on, line 487 which corr,espongs 1q the "information on
SP§Rbuid sﬁggﬁal" 23 6°fci:ig.el, i%ll‘ﬁriutﬁihtoagn LPE 'syﬁﬁ]e%?s cloek 26b in
35 order to "transform” the ideal impulse-like signal which ex- ists in the
FidLPCadamaing bask éto dhentidiel doham. Thnsathespegpit af thelbPClon sys-

remyYNPEss RIQEkk 2D istbendapyl itpdbg rguhirasier 26a ihthat e ., an im-
esicyal signal 48 s generaled, WO, 00151105 PLT/ER2iBioOMbe
pu%iewhféﬂjis the orlglnaﬁ audlosgana , buFWhICﬁ no longer in- cludés the’
rapfRs SPdctrefRpreertdd BY (i fRE infSuls@ iGRAISh line 488r 284 The
voddus, the cesidual sigrndd Yederator 26 okEiy-pasemplemenfedin Fig. Wz 70
wh 88rihe LB swathesis) 3hlock-26h gnd-the subtragtor 262. Th@erated by the
g1§€¥§?ng@yé¥tW%Ppgggﬁﬁg%iggﬁgﬂgggggiggS¥@Q§gion is formed by
a cascade of a small number of two-pole rescnators represent-
ing the formants. The glottal model is represented as a two-
pocle low-pass filter, and the lip-radiation model 74 is repre-
sented by L(z)=1-z '. Finally, a spectral correction factor 76
is included to compensate for the low-freguency effects of the
higher peoles. In individual speech representations the spec-
tral correction is omitted and the ¢ of the lip-radiation
function is essentially cancelled by one of the glottal poles.
Hence, the system of Fig. 7a can be reduced to an all pcle-
model of Fig. 7b having a gain stage 77, a forward path 78, a
feedback path 79, and an adding stage 80. In the feedback path
79, there is a prediction filter 81, and the whole source-
system synthesis model illustrated in Fig. 7 can be repre-
sented using z-domain functions as follows:

S{zy=g/{l~-A{z}) -X(z},
where ¢ represents the gain, A(z) is the prediction filter as

determined by an LPC analysis, X{z} 1is the excitation signal,
and S(z) 1s the synthesis speech output.
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sis 26b will subsequently be discussed in more detail with re- spect to

Figs. 7a to 7e, Fig. 8, and Fig. 9a to 9b. 10 Fig. 7a illustrates a model of a

linear speech production sys- tem. This system assumes a two-stagg
Vigxenition ¥e., an im- pulse-train for vgiced speech as indicatetiBn2pig0Tess

and a random-noise for unvoiced speech as indicated in Fig. 7d. The 15

vocal tract is modeled as an all-pole transform filter 70 which processes

pulses of Fig. 7c or Fig. 7d, generated by the glottal model 72. The

FiaB-polectranster functarés f@m@ﬁ@bﬁi@&@%@ﬁﬁ!@%@o‘%ﬁal talllllm@dgel'&%tion of
-h0 S : r -ing rmants. The glottal madel is
voé\ggrgsé%\)t@d %%%;Qtﬁ%% %%%%S\h?v-p%@% tger%,lésn‘d";[ﬁéﬁigf) a?]feélti(c)}rll model 'Source
SYSH9E (B3RS Sentddt sy Eé%i‘?r?f‘-l?ﬁﬂwaw,ea epectraIdstfedibRFAcoP 7S i1 the
ab@iguRRdempasata ok tioe fowa fré g ety éjmcmam‘ahmihigdﬁet? polesa fi-
nitrindiddust speectiepeesantationsihe speertralcurrdion s apified; re  op-
ra 80dhe &y line dipaadiaion A ungtion jg egsentially cancelled. by one of
the glottal pdles. Hence, the system of Fig. /a‘can be feduced 16 anall
PTE3k-1Rbdel TP EiP T RVnSA GRITstide P75 RRRARD paParERce 1s pre-
difdedbaokogath 75} BRd ancaiding stdge 80 £ntthe deeuishokapaihe 29, thisee pre-
diisapredistian filten8t, anththeavielesatier 30system synthesis Mogek : ¢ hne

sudllistated,in Fige 7b,can berenres, sented Using z-domai ef#é“%éiﬁiisa"s”“;um-
follaws: 0 ion ite
CorrelLai Lo

., 35 where g represents the gain, A(z) Is the predic r
25" GateriiingE by 3h @C%aﬁ%;ggig,cﬁfﬁr?s R BREttation signal, and S(z)
is the synthesis speech output. WO 2008/151755 3 3
FiPCTIEP2DD80M06s Figsmba anddtigivea graphisakimetdemaips the Lec
an&lppstintion gt woiced apdl unvpicegspepch synthesis.usipd the INgar, v e,

rce._system model. This syste anﬁ,th excitation parameters in the .
2 §%§§§ zéql%?o%rgrlenﬁn lnoore(vr?ggfr?cf mus 65%&%%\%%%8% 41 rfitbldets in
TorRapaeEh 8dmplesTHRAE coSFEERis SPA(Z} Brecttirtaied usirkelinehprt-term
prepedittion. larefpthaordenfonearndilinedr for a decoder. In the Fig. da
embodiment, i.e., the short~term prediction information might

be reguired for the impulse coder output signal. When, how-
ever, only the prediction error signal at line 84 is required,
the short-term prediction information does not have to be out-
put. Nevertheless, the short-term prediction information 1is
required by the actual prediction filter 85. In a subtractor
86, a current sample of the audio signal is input and a pre-
dicted value for the current sample is subtracted so that for
this sample, the prediction error signal is generated at line
B84. A sequence of such prediction error signal samples is very
schematically illustrated in Fig. 9a, where, for clarity is-
sues, any 1issues regarding AC/DC components, etc. have not
been illustrated. Therefore, Fig. 9a& can be considered as a
kind of a rectified impulse-like signal.

Fig. 8 will subsequently be discussed in more detail. Fig. B
is similar to Fig. 4a, but shows block 10a and block 26b in
more detail. Furthermore, a general functionality of the im-
pulse characteristic enhancement stage 10c¢ is discussed. The
LPC analysis stage 10a in Fig. 8 can be implemented as shown
in detail in Fig. 7#, where the short-term prediction informa-
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predictor, the present sample of the speech sequence is pre- dicted from

a linear combination of t passed samples. The pre- dictor coefficients can

be determined by well-known algorithms 10 such as the Levinson-Durbin
WGP 8r generally an auto- correlﬁyon method or a refl@StiBEPAtesHOELI6

Fig. 7e illustrates a more detailed implementation of the LPC analysis

block 10a of Fig. 4a. The audio signal is input into 15 a filter

determination block which determines the filter in formation A(z) . This

¢ ; bfornationsis outpitasthe sheHtegprpiedictiondeformation reguieddos pre-

. a decoder. In the_Fig. 4a embadiment, i.e., the shart-term prediction . "
dlFn é’?rﬂat%’f\rr%f:ghf Jb%nrae%uﬁrgé ?glr the in#éu se &%c?gr oﬂﬁ?u rissl‘:eng'l.lef\?he%,lg'nal

1shoRRIEvere bRlyahe pddctitth ef8PBighll atfind B ReqtRed, tHee signal
isshoitstestm predictioniinfdrmiiion sioesaiot havetmbe oait- ol other compo-
neheyertheless, the shartiermmyedictionsipfornpation is faquiieddly thensidared
s 2gudl predicion fllgy 85, dn g subliaclqr, £6,.3 Cureptsamale ofthe, ¢ oo
audio s? nalf,ls input and a pre 95 ‘dicted Value for trie Butent samp?e is .
7dsut§fch‘1?ge'U Sd'thét fd‘reﬂﬁéghﬁﬁ’plelf thé PrEMERGT Fror SiGRARSRIEHeratéd F19-
9aat livree 8434 sexpeenee afesuch predictien tior sighahsamplbsdsvergddition-
alwenﬁ.@&algfilﬂuma@ﬂgn E&n@@mﬁhﬁée, f@r:»é%ée'ty ;iﬁe;l‘?%!?&vtégy isSHRBonents
egardi C 0 ~elc. ot n ilustrated.
argrhegrgqflé%%%ciggga c%gr}lgbeqc n%%e%ed&élég {a?iﬁhe g 2 %eécti |<§ ﬁﬁﬁﬁ’%‘gfﬁﬁe stage
10gign4l Y. & WA 6o dtiently HettisBlidsefintharedetsll ey, BSisfor exam-
pleimilamici By, 4&, bt shovbbloék teararidibletk 265 ire 35 igoreldetaitput by
b1bukhernokes @ generakfupstenality of thepin pulse-0naraciRIisHC which means

tn§Phancementstage 10c is discussed. The L RG is gtage L0aipFig, \p
implemented as shown in detail in Fig. 7e, where the short-term
i SERRLSS, B

oo TRHIR D 0L T/Ei20bER405 (OPABSRE 1o
piﬁkﬁﬁhﬂ@?héé?ﬁhég%sﬁégéQ%bianﬁiﬁepﬂ?dﬁ@hﬁ¥éwéi§@ﬁhlW%R?ﬂes of
this the dreal impulseilike signabe tsvedtputhere pélire 84 -Whebrikisetely dis-
cadasimeddhat the signaleismixed i.g., EHHQ%%S%%%QOVQBOQ%@SM shown
1nOWEY COMPO, o erated by block 10c, with the difference that
the impulses are not ideal DIRAC pulses, but have & certain
impulse width. Furthermore, the impulse characteristic en-
hancement stage 10c can be operative to process the peaks so
that each peak has the same height and shape which is sche-
matically illustrated in Fig. %b.

The signal generated by block 10c will be idealily suited for
the impulse coder 10b and the impulse coder will provide an
encoded representation requiring a small number of bits and
being a representation of the ideal impulse~like signal with-

out, or only with a very small amount of quantization errors.

The LPC synthesis stage 26b in Fig. 8 can be implemented in
exactly the same manner as the all-pole model in Fig. 7b, with
& unity gain or a gain different from 1, so that the transfer
function as indicated in block 26b is implemented in order to
have a representation of the ideal pulse-like signal at the
output of block 10c in the time domain, so that a sample-wise
combination such as a subtraction can be performed in block
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5 nents, then the real impulse-like signal might be considered as a
superposition of the excitation signals in Figs. 7c and 7d, which in a
rectified representation, correspond to Fig. 9a. One can see a real
WRREIIRS signal which, addition ally Bas stationary ponent€ TEE2WBE4#t96
nts 10 are removed by the impulse characteristic enhancement stage
10c, which provides at its output, a signal which is for exam- ple similar to
Fig. 9b. Alternatively, the signal output by block 10c can be the result of a
2 6puretpeak pitkimg evitich means bthat &n F8pulse L3tatiag figm se®edual sig-
raspnolesic e f ol 5 gak ey g sl ague AEDESSS BLD oo -
. of the peak, is_picked out fro e signal i
tl%? tﬁefosiglﬁ% iﬁ%l%'.ogasﬁ'gt%aegnefﬁéf Sé‘gksfgfég&ﬁn&%e}%ﬂf’s- caffegimpulse-
LikeiRRetioRead tHadta SHfaPsigharad theborve dmfwamatrign7diess intro-
dugedeiateg by ook hi6c, thith thepdiffeeencieathat 20 the tmpulsas e fQbnt op-

AP I ) R, F DR s
. impulse chagacteristic en- ( .
ook the P S0 THat SaeR Pokhdd e Cart hefght SitFshapional 2nd

. processltﬁe p%%f(srso that€ac pea?dh it '
1s\which is-8@te- nfdtRaNy IMististediREiYetb. 25 Ehersigadligareratéd pe  im-
pu biook m@w&ﬂ)éahdeaﬂy@eité@mrpﬁm:mmlge mﬁggkﬁlﬁhd:t’@ iDilS&e po-
si@@aﬁ@wﬂwre»@emf@ce%_el&@r;ris%@;aﬂl%feclwglr}%e;&mq%ya%r?ggggf both
. pi d.hei representation of the ideal impulse-like signal wi _
s%%ﬁ%%% o%?i/ vr\%%hgg%er‘?/gs?rhalﬁasr%%%?%f d’ua%%]%patio{ﬁaéir?orégs The Lﬁcsu}?tr ac
2 R0nthdRRSsBYE 2685H g 18 chH DeRiementsein axsctithesamadiacent
tomaanbr axttherall-gols moeetintBig.i7h, witls igyoaity gaimbo@tga&ny pulses,
sififterent fomsd, spnthatibe yangter35 funetion a@ﬂf@%@ﬁf@‘ :mQ:QCKID_%@ﬂ can-
i{s; lonpl d.in grder to. re tation .of the ide se-like
R e e D
sample-wise combination such as a subtraction can be performed in
Thbfock 80126081 8.52 1558 2 RETYRP 20081064496~ 264 1 Flien’ dpe oulpuip  em-

booihtock26aawdl benthehiesidisal Sig- disadvantage of the so-called
“closed~loop embodiment” which is illustrated in Fig. 4b. Fig.
db is different from Fig. 4a in that the impulse coder cutput
signal is input into an impulse decoder 26e, which is a part
of the residual signal generator 26 of Fig. 1. When the im-
pulse coder 10b introduces gquantization errors into the posi~
tions of the pulses, and when these errors are not compensated
by the operation of the impulse decoder 26¢, then the subtrac-
tion operation in block 26a will result in 2 residual signal
which not only has the original pulses in the audio signal,
but has, in the neighborhood to these pulses, additional
pulses which have been introduced due to the subtraction op-
eration. In order to avoid this situation, the combiner 26 can
be operative to not just perform a sample-wise subtraction,
but to perform an analysis of the impulse decoder 26¢ output
signal, so that a synchronized subtraction is cbhtained.

The “closed-loop” operation can also be considered as a cas-
caded splitting operation. One of the two partial coders
{preferably the impulse coder) is tuned to accept an appropri-
ate part of the input signal (preferably the glottal im~
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nal, which in an ideal case, only includes the stationary por- tion of the

audio signal and no longer includes the impulse- like portion of the audio

signal. Any information loss intro 5 duced by performing the impulse

WA cteristic enhancement op- eratiopin block 10c such adGEERIEKIfE o

is non-problematic, since this "error" is accounted for in the residual

signal and is not lost. Importantly, however, the positions of the im-

pulses picked by stage I0c precisely represent the impulse no 10 sitions in
pulle apdiorgignal § 50 thatibe gomhingtion-ghRoth; §igpalsApPIeck 263 resid-

espe,cgl}lglwhen rgadgiunsmgoafsu rac- 9% dg:ee% ngt_r%s.luI}1 |anltwg é)]éjylvseesn th
U hEhIRR CIoSBRPAGEEETR 5 eadh Sthér bOFFSEINE ina SRfal WitholR €
or ndlses. Isinte anplide m tRE epigathl abdredigRalBthas bédre cdirpy par-
t i elled dkie tothe comphinatonsdperation by hilack 2aadekis fertuteiscaled, and
£hAOYARIAGE,QlinG fosealleds opaR{eaR egy bodimept'and might BERc in or-

disadvantage of the sp-called 'closed-lopp embodiment” which is
Gy SEat S T ED: b, T, 207 R rerSAONam g 45 17 thaCFRoRARGE 2P
prepder outputhsigharRAgputirtd-&S irhplke vt 2seduwiich B £pafr -

of the residual signal generator 26 of Fig. 1. When the im- pulse coder |0b
As ir#FP@E%ﬁ%”“@@L@”Q@ iBto tzlﬁfls@g%_(?ﬁi-é@@é@féﬁ% ?B@eﬁs%ld whepn of-
. these errors are not c mpensat the peragon o the Impuls .
£ Ao SR e e B e S AraR T Biot Dol (R, 4111 be
d1i5e4i8a8FsigidieWhicR ot BRRPRAS thB BRI pulfde? iftHePaufo SighaE rou-
tioeit has, mcithiefiesghbsedwdod th dtesé palsesdrdditionaly pulsds Whichmpulsive
pa@ye feen jirogdypsed dus i e subrartion ep 30 eratindn edlentlse model
coyQIddI Siyation, e combiner 36 can be.gperalive (0 nofJust pedom, - u

a sampll-e-wwgs*y su%%ractlon, Bﬁt‘to p%rrlf%rm an rfnari’yss of the impulse e
ONERcBAELTEE Utptit 8§ Hal®So HHR A SyiehtdifizE8 SbtraCtictP R Doty s1ve
s i @BaTherelised-Id0p opérationthpralsothemorsidénridsascasocatedel the
otsplittipg eperation: Kanesegtheitwopartiabeodesaripseieralaly dhe iapdise would
ae£99€D),is {uned, [o accept an appropri- e nart of HeJRRYt 198aly | Thus, an

preferably the glottal im _
appropriate preprocessor or controller, as for example illus-

43

trated at 1000 in Fig. 10, terminates the impulse allocation
procedure once all actually occurring impulses are modeled.

Furthermore, it 1is preferred that the residuzal after removal
from the impulse coder output signal is constructed such that
it becomes rather flat over time in order to fulfill condition
number 2, in order to be suitable for coding with the filter-
bank-based coder 16 of Fig. 4c.

Thus, Fig. 4c illustrates this approach, in which the modified
ACELP coder 10 operates both, as the impulse extracteor and im-
pulse coder. Again, the residual signal generator 26 of Fig. 1
uses a subtraction 26a to remove the impulse-like portions
from the audio signal, but also other methods can be applied

such as flattening or interpolation, as previously described.

The disadvantage of the open-loop implementation of Fig. d4b,
in which the signal is first separated into an impulse signal
and a residual signal, with both signal portions then being
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WO 2008/151755 PCT/EP2008/004496 36 pulses) . Then, the other
partial coder 16 is fed by the resid- ual signal consisting of the difference
signal between the original signal and the decoded signal from of the first
WshtlgaSédder. The impulse signal is first coded and decodeti HRH280f{4496
quantized output is subtracted from tht’audio input in or- der to generate
the residual signal in the closed-loop ap- proach, which is coded by the
fpilterbank-based audio coder. AS an example, a CELe or an ACELP

eder.can,be an 0 ficient,impulse coder as illustrated in Fig. .
CO%:?dwhlléh\%vWéeg g&ﬁdsse(ji éterl.?ﬂ_isirrgperaﬁfi/‘f%%‘\i\/ge%\/er?%sengL%%g(l A s
quatEEe ¥altingTs MBdfied Sifch R the Lod& iy fodels ipufsivd erbank-
ba paits ehtheonputdignal, isthdrithan tryiag tuatsdimetelbtonakeowsy of both
coGAONAEKSIgRY o%m@@%etfsgin%Hje&wr%rk%gegtﬁmgfrﬁ%&lmmfm of ndi-

Ny es spent to madel im ive_ signal parts ocation of mar
Vlclﬁ%% 585 %%’o%ef%eé%ﬁﬁgropa%%%f%ec gig%{é?\%voﬁﬁj k?elgl(@L dECOLEY ouetpUt'
boeRuARAProRAEVERNGTHEHIE 88 ridRate the quality of the overall output

signal. Thus, an appropriate preprocessor or controller, as for example

Houwez_g traied aédk%l@a” iafgo@,ﬁﬁgniagﬁfwmdﬁwmﬂﬁﬁd ?H@@aéd Whion is that
_._ procedure once all actually occurring impulses_are madel d.; uise signal
tnfgurltﬁlgrurﬁosr%, ﬁ’i{s‘fﬁraecféﬁ"reﬁ thgaftcfﬁg rgﬁaﬁéﬁcfﬁer?erﬁésgf fron the gnat,
whiGBuIdE c88&r SLFGECSERT! I8 Lokiitiéd BLERIhATSS i ecdmes rifHer Iuan-
tidatdeer tinre irrbedediwpfulfilecondiion rigaiser 20in créetrbetdifitaiesidual
sidercoding with the filter- bank-based coder 16 of Fig. 4c. Thus, Fig. 4c
illustrates this approach, in which the modified 30 ACELP coder 10
operates both, as the impulse extractor and jm- pulse coder. Again,
B0k, Br5S

the |
iR ST Rher&ior 5871 Fip U Ukes PEuBlrEGn' 26t e 1P tes
mefHe impuiseikeqdortivise foriene audid $fynalcBuParRe Gther inehodeth  the
opéan beapplied subk as flatedingoapnterpolatiameas pregiouslplemented to-
gedgagribed. 35 The disadvantage of the open-loop implementation of Fig.
4b

An efficient impulse coder usually guantizes both the individ-
ual values and the positions of the impulses. One option for a
mixed open/closed-loop mode 1is toc use the guantized impulse
values and the accurate/unguantized impulse positions for cal-
culating the residual signal. The impulse positien 1is then
quantized in an open-loop fashion. Alternatively, an iterative
CELP analysis-by-synthesis process for the detection of im-
pulse-like signals can be used, but a dedicated coding tool
for the actual coding the impulse signal is implemented, which
guantizes or not, the position of the pulses with a small

guantization error.

Subsequently, an analysis-by-synthesis CELP encoder will be
discussed in connection with Fig. 6 in order to illustrate the
modifications applied to this algorithm, as illustrated in
Figs. 10 to 13. This CELP encoder 1is discussed in detail in
“Speech Coding: A Tutorial Review”, Andreas Spanias, Proceed-
ings of the IEEE, Vol. 82, No. 10, October 1894, pages 1541-
1582. The CELP encoder as illustrated in Fig. © includes a
long-term prediction component 60 and a short-term prediction
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in which the signal is first separated into an impulse signal and a residual
signal, with both signal portions then being WO 2008/151755
PCT/EP2008/004496 37 coded individually, and which involves lossy
VWELEIME! 3135 quantization in both the impulse coder and the RIEEYBARS/004496
based audio coder, is that the quantiz%l ion errors of both coders have to
be controlled and perceptually minimized indi 5 vidually. This is due to the
fact that at the decoder output, both quantization errors add up. However,

cox{’x}é%ﬁg}{%nt%g? O%ﬁ‘%%%%é%o  implementation isit%a %‘ee MAUISE, s inai-
extraction stage produces a clean impulse signal,” 10 which is not

catdodéd B qUANBZEZGSFPEHDIs. ThtRthélahitbtson T fe ifpuigplemented
at cééer does not affecithe tediddak sigmal Both implementatipmscaded at 68.
s (Rpwewer bR mixed in-arden todmplen 15smentakind gk pbied mgdaethvss by
th&"’qpen%t% ftom both the, °'§%E‘.‘°%§%d t@?@%ﬁedi'ém%f‘?groé"g*ﬂfsé"“%pre—-
. Implemented to- gether. An efficient impulse coder usually quantizes Both

41t FRINEFF uSFFRBLS aRl tHEPLERBRE of theliffpuI s, Ehefdstion®r AL~
ten hEvedopericiosedioeptmede 15 teaisttredquaritized émpulsed valtegict ion
er 28¢ the ggeuratedunayRitizes tepulsespesitiars for cab culatingthe-aiculates
- Lesidual signal, The impulse position.is then gquantized inan open-loop, . ,

Ejm%as f()rrgilte?r%g;%ve?] : an iter ﬁ\h/'él3:5’1CELﬁ‘é‘ﬁafysf‘sfbytgﬁntﬁélshlg pliocuej'ssum(:k

66 1oPfe detBetidhiotam- PEsBkebighafedat belséd it atetiGied (W) (n) .
Geredinbltvol fdrahe hetifat todihgriiedmpulisersighnbt is implepddntedalmithby 2
LPOUaniZessarsnoé cihgspasitionrai tha petseswithigysmak ,quantizatiofeeohy on

£n 30 Stheeauenty, An apalysishyssyrihesis, CELE-eneqdes Wilbe ¢ 5 o A, (2)
indgé:#ssed in connection with RFE? 6 in arder to ijlustrate the modifications

a8 % IS alfSitAme B8 IRISTASE P FIGE D B BRThiQBETpFtor quan-
t1iapEdQar i$fstussad i detaft@gbook references are calculated. The
CELP algorithm encodes the excitation using a codebook of for

example Gaussian sequences. The ACELP algorithm, where the “A”
stands for “Algebrailc” has a specific algebraically designed
codebook.

A codebook may contain more or less vectors where each vector
is some samples long. A gain facteor g scales the excitation
vector and the excitation samples are filtered by the long-
term synthesis filter and the short-term synthesis filter. The
“optimum” vector i1is selected such that the perceptually
weighted mean square error 1s minimized. The search process in
CELP is evident from the analysis-by~synthesis scheme illus-
trated in Fig. 6.

Subseguently, an exemplary ACELP algorithm is described in
connection with Fig. 10, which additionally illustrates the
modification performed in accordance with an embodiment of the

present invention discussed in connection with Fig. 4c.

The publication “A simulation tool for intrcducing Algebraic
CELP (ACELP) coding concepts in a DSP course", Frontiers in
Education Conference, Boston, Massachusetts, 2002, Venkatraman
Atti and Andreas Spanias, illustrates a description of an edu-
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35 "Speech Coding: A Tutorial Review", Andreas Spanias, Proceed- ings

of the IEEE, Vol. 82, No. 10, October 1994, pages 1541- 1582. The CELP
encoder as illustrated in Fig. 6 includes a long-term prediction component

W2 | Bhort-term prediction WO 2QQ@8/151755 PCT/EP2088/0044B60386

component 62. Furthermore, a codebook is used which is indi- cated at

64. A perceptual weighting filter W(z) is implemented at 66, and an error
minimization controller is provided at 68. s(n) is the excitation signal as,

cafepaxamplecgenesated by theciRG analisissatage d0a. Thissignalisdiction

(B39 callsds pre- digtion areor signal; asuindicated 2t Jine.84 infrig. 76,4071 ying
ter having been perceptually weighted, the wéighted prediction error

ACKighat iFput o aSubtidttor 887 Which SditGRtes Hie"Eftor Bomiédh the P¥e~
preyatmsisigmad atlthe oapel pebRCIELe B8 ahll e actval wefghtégop pitch

andredicionseerge signabs(wa(ng1 Ganeraly she shom-terne predietiontA@s isi 004,
andalgiialed ya |PG analysis stags.as indicatedin Figgre. angk .
depending on this information, the long-term prediction’information AL(z)
including the long-term prediction gain g and the vector quan 15 tization
Inirdex, PES ttebOSR oferémctsldie Gicidfs The2CELP-algofitmt signal

is encogesdheexdtalion:usingshaodebadkof for exampleiGalissian pole-zero
£1 EQuenAss, The AGELR aloprithme wherethey sy standssfor, Algeliaicse r £orm
che o S e e 0O BRSO UOK BB 14ty o
0 e orless’vectors where each vector 1S some samplesiong. ’

ovegafil fittorid séaléd tfdardidtion TeeRrembhe Wxcitdticitddrhpresegration
is fil;b@reﬂdnm&}:e.lorr@eterm Syatk@s@ﬁwmmeﬁmﬁaﬁermssyﬂﬁhmwmrus ing
a 3hegS "epimuaLyerianis sslaried sueh thatdhe perceptually; weighted ap is
. Jjean squaye error Is ﬁinimiﬁad. The search Rrocess in.CELP ig evident

1m? amente as " well. en usmm?_ he ﬁglngog- urbin  algo-

“from the analysis-by-synthesis schemeillus- trated in Fig. 6. 30
rl%bsecﬁf%tl% HeekenIE T AEED affithiFisdetrilfdcfin computed  from

the autocorrelation coefficients corresponding to the windowed
speech. The LP coefficients are converted te line spectral
pairs which are later quantized and transmitted. The Levinson-
Durbin algorithm additionally outputs reflection coefficients
which are used in the open-loop pitch analysis block for cal-
culating an open~loop pitch Te by searching the maximum of an
autocorrelation of & weighted speech signal, and by reading
out the delay at this maximum. Based on this open-loop pitch,
the closed-loop pitch search stage 1004 is searching a small
range of samples around T, to finally output a highly accurate
pitch delay and a long-term prediction gain. This long-term
prediction gain is additionally used in the algebraic fixed
codebook search and finally output together with other para-
metric information as qguantized galn values. The algebraic
codebook consists of a set of interleaved permutation c¢odes
containing few non-zero elements which have a specific code-~
boeck structure in which the pulse pesition, the pulse number,
an interleaving depth, and the number of bhits describing pulse
positions are referenced. A search codebook vector is deter-
mined by placing a selected amount of unit pulses at found lo-
cations where a multiplication with their signs 1is performed
as well. Based on the codebook vector, a certain optimization
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connection with Fig. 10, which additionally illustrates the modification

performed in accordance. with an embodiment of the present invention

discussed in connection with Fig. 4c. 35 The publication "A simulation tool

Woritbdiding Algebraic CELP (ACEAP) coding concepts iBE BBI008/004496

course", Frontiers in Education Conference, Boston, Massachusetts,

2002, Venkatraman Atti and Andreas Spanias, illustrates a description of

an edu WO 2008/151755 3 9 PCT/EP2008/004496 cational tool for
OPRRAJRING: Eo RS BXSHRE in el iR divEbA (CEL RPIesdIng tbnéepits kmble code
vetiniversitytbeursess tHit tndedying ARCEId algoritirhdicludgssseyade posi-

t 1 Skgesn whighuingludea QEe'nQ{QC%(%)ﬁﬂ%% angibG apalysis 91age 1000. 80+ ¢ 5 g

en-Ioog itch 5 analysis stage 2, a closed-loop pitch analysis stage
Coggofegné%n a?lagbrﬁc?ﬁxee%gcgé’ ob% 8BS EiEHe U e With the
JUBPE-HEGC SEiG: alid LIRS amdllyRis sferjer ife inpdi signah fo high:pass
filtered and scaled. A second order pole-zero 10 filter with a cut-off
Thgega@acmmﬁ_ztlﬁysﬁéggoerstgagubeﬂgnﬁ_saég;gﬂag- D OrEELIQ e
of &S ulcg Ctglg epc{qb%lylsltgsqf %\é%rflowssglai |x%d- oint implementation, a b
séaling operation is performed >THen: the pr%%?gfes%gd Biyraffy Such as a

sijinGowsd $Ring? aSitiis @b fiples) asyadette witowe Aéehain number
of operlap & 15 mapletterded asnwete Jhen, dsiag the Lewibgen-Darkin adgorl ting

bi Hithyethedingag prediciioncoefficients,aneseamputedifiom Her rate or 12.56
Kb ;\gtckcoogretlgtrilon ggggisc[ents corresponding to the windowed speech. The

LP coefficients are converted to line spectral pairs which are later

guantized and transmitted. The Levinson 20 Durbin algorithm additionally
Inogpoey rlectorvéddfficierts efkichete esbaditinopentloampitghresent as
di apalysisblesk for gal- wlatiﬂg@nngnm!p@@ pﬂ@ﬁﬂiﬁﬁ&yd%%ﬁr@%n%g@udes a

i a re 0 ig speec nal, an

P s Tl s e B ot ot TS S 00 Rt o5 o

P2 e W0 R0 PRET seBTET St 1668 iskbRrchmi™ shfall Tahgslof by the
cleapthiésapoundtiip tedmaly bitpand highhyf acourate pitchelaywarta con-
t rddng-tefmpiediction gainnThis longsterm predictior gajnis additionaes that
thaisedinthe 3loeiaic et signal is not very much impulse-train
like, and a high LTP gain indicates that the actual signal is
impulse-train like, and therefore, very suitable for the ACELP
encoder.

Fig. 11 illustrates a preferred implementation of a block 1000
of Fig. 10. Specifically, a block 1010 determines, whether the
LTP gain is greater than a predetermined LTP gain threshold.
When this is the case, it is determined that the signal is
pulse-like at 1011. Then, & predetermined or inherent number
of pulses is used as indicated at 1012. Thus, a straightfor-
ward pulse setting or a straightforward pulse number control
of an ACELP encoding algorithm is applied without any modifi-
cation, but a pulse position variation introduced by this en-
coder is partly or completely restricted, to a periodic grid
based on past information in order to make sure that the dis-
advantage of the closed-loop embodiment is eliminated, as in-
dicated at block 1013. Specifically, if the long-term predic-
tor (LTP) gain 1is high, 1i.e., the signal is periodic and
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codebook search and finally output together with other para 30 metric
information as quantized gain values. The algebraic codebook consists of

a set of interleaved permutation codes containing few non-zero elements

WRIRN R4 a specific code- book strygture in which the pulSE BESHIFOMES

pulse number, an interleaving depth, and the number of bits describing

pulse 35 positions are referenced. A search codebook vector is deter-

mined by placing a selected amount of unit pulses at found lo- cations

pulwberes@ reultiflicagion ivithctheirsigns ismpastormet, as,welhBasegrenthes im-

puiglepook vecinr, 2, eguain ARIMIZAIN WO 2Q08/1a%755,4 Qerine the im-
PCT/EBP2608/%04496 g eration is performed which selects, among all

PUL SRS BRPESHE Ve &EPS ThE bekEfitiRG TheS eRtbrS FhER the Iiiltge j8si2 Pe~

rioghrs aptithe GRESIRIREPuISEs dRaihed e bessittingnsodengectone LTP

lacare speaded eatltiansetitediogether with el s auantizecegaibyalyesas i ge -

braRamslie gading iyfopmation, Jhedatasate gfthe AGELP QUIPUL SIGNAl oy a¢

d elr}glslon the number of allocated pulses. For a small number of

blof):u Sés,’such as a single pulse, a small bitrate is obtained. For a higher

number 10 of pulses, the bitrate increases from 7.4 kb/s to a resulting
If hitratesofdB: 6&kbis fardiverpulses eintiba ditratenof 261 ikbfs for tenpulsesin is

10%0 a&sorﬁg@ssle:a@%aa 5@f%ré§%_?mrp%ﬁéhﬁﬁ_reﬁﬁﬂgéé Jésl varied in
iscussed in Fig.. 4c, the modifie ' coder 10 includes a pulse .
Ehe i esboopt % A fﬁg& °8 peca}f?cajllg}fg:t;h%agu de an!ﬁ m%ei'co#’r%?&l%g%a 1ly,

number contro
them@d4IfBEaRe LFP 28 otifpufBY tHE 1dBSedsloth pitkhanalysisandliowed
to pelforms@upulse numbencdn- drofpafrthe:l TEhgain thlowe Aclogyl THE gahe re-
maiiﬁ‘ij'l??t%e@@&lagIhei%CtH%”'Yﬁﬂf%@@S%%ﬂg@éS @r?tl\éeé'y Mionsl form a

im e-frain_ li nd a high LTP_gain indicates that the actual si IS
perilr""ncfa)érju %e-%’g‘:lﬁh e%%%mhg%e Sre‘?gﬁg Stitable ?c?rut?i% A%Ealf eerlfséf%ggré% The

PTAgGS 31 iIRRYANSS a preféreBRRDIc G tatidiP ol BIsEK 1906T BF RRFS0Ls be-
lowSpecifioallyia bidcleB0t0 determirms, vemthesthen LEPwgaii ibjreatember of
pultbas a pregdetemmiged 1R gadéreshold.

Subsequently, Fig. 12 is discussed in order to provide a pre-
ferred embodiment of the variation of the number of pulses de-
scribed in connection with block 1015. At the beginning, the
optimization is performed using a small number of pulses, such
as a single pulse, as indicated at 1016. Then, the optimiza-
tion is performed with this small number of pulses, as indi-
cated at 1017. For the best matching code vector, the error
signal energy is calculated in block 1018 and is compared to
an error energy threshold (THR) in block 101%. the threshold
is predetermined and may be suitably set to a value which
makes sure that the ACELP encoder only encodes the pulse por-
tion of the signal with a certain accuracy, but does not try
to encode non-pulse-like portions of the signal as well, which
the coder would do when the inventive controller 1000 of Fig.

10 were not there.

When step 1019 determines that the thresheold is met, the pro-
cedure 1is stopped. When, however, the comparison in block 1019
determines that the error signal energy threshold is not vyet
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When this is the case, it is determined that the signal is pulse-like at
1011. Then, a predetermined or inherent number 30 of pulses is used as
indicated at 1012. Thus, a straightfor- ward pulse setting or a

WO HWTSIard pulse number control Eé an ACELP encodintA/gE8ampreq6196
applied without any modifi- cation, but'@ pulse position variation
introduced by this en- coder is partly or completely restricted, to a periodic
grid 35 based on past information in order to make sure that the dis-

me@dv g cl odi is elimjnated, as in- di ate at
e@ aml%l%lgé%gglflga%e ;I]gJ Qggeee%r;%é%err%%%e%ﬁé Qt%r( gaglgn |spcl %Iy as

l“ﬂfecéubﬁﬁl i hertddi€ and VB 2098PR 788 W'y Pé‘f‘%@lwzoﬁa?ooh%g% are re-
Pephisés vrere pladedintihedpast rapresaiehehie sijnabissas pulde-tikgtheedure
isalgehtainwedehook s used tadefina-thesip-opulse:shapas by RSIGNg number

p Is ion ro i ermined b ast ulse
jﬁ%ﬁ%&ggnd%ﬁg%grg ;1 Itggang%ecﬂ%%lg3 ]'%9 ?umnt})ke%rgefr% éesﬂ?ace {)Ocecmre

A§EPbrEike088booRSndy & BA nthBPEr% &de, 88 m'Ei’i‘tfﬁ%ecB&t“er ally
thplockTOEE. If tds deteratised fivat the longrtepm wedibidr(tFRYgaln i1l be
smitMLeas iodicatethat Hkdbdbe aEnper f pulsesds vared éhdba Gaglehogk i thm
wo@Rlimizalion, &s ingicelesl alAQLS, Speqlicaly. fhe 2lgehipip codebook s

controlled such that it is allowed to place pulses in such & manner that the

energy of the re- maining residual is minimized and the pulse positions
Anedhe s 19pREBERSUISE tralf with thePErRd enuarierthe ETR audheated in
Figrocass, howevards stappednivher the energyidiferanceds bed loveaision is

pe.@@eefﬁb@reas;ﬂoi%xm%é%s%t@ 'qgwr'aét?cﬂurytae QICBHE@SMW uses de-
ac%_ebralc co gbook 20 éb uentl Flgclz Js |scuss§d in order to
dime

Pehiovide & pre- fefred enibddiment o? Vatationsf the ndfiber GPRGRARK for
Vo yeeScmidd-iHdtmeich il BRI OISR & béginningyficed portions.
Inoptimizationds peiformed usidgpd smealltnuriibehef pitsesstichnas®tion, the

cesiglerpulse.ias inplicarad ok 4046 Shhens die OPtmiza 2pfion dg permesh ¢ o -
m1%@y§h& %H?égungggcwR%“%ﬁa%ﬁg%mwhen a voiced portion has been
detected by block 1300 as is indicated at 1310. When, however,
the CELP encoder determines an unvoiced portion, then the CELP
encoder output for these unvoiced portions is not calculated
or at least ignored and not included into the encoded impulse
signal. In accordance with the present invention, these un-
voiced portions are encoded using the residual coder and,
therefore, the modification of such an encoder consists of ig-
noring the encoder output for unvoiced portions as indicated
at 1320.

The present invention is preferably combined te the concept of
switched coding with a dynamically variable warped LPC filter,
as indicated in Fig. 17. The impulse coder employs an LPC fil~
ter, where the impulse coder is represented by block 1724. If
the filterbank-based residual coder contains a pre/post-
filtering structure, it is possible to use a unified time-
freguency representation for both the pulse coder 1724 and the
residual coder, which is not indicated in Fig. 17c, since a
processing of the audio input apart from applying the pre-
filter 1722 is not performed, but would be performed in order
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cated at 1017. For the best matching code vector, the error signal energy

is calculated in block 1018 and is compared to an error energy threshold

(THR) in block 1019. the threshold is predetermined and may be suitably
weEpRepasaae which 30 makes sure that the ACELP encodeP@iEresisadess

the pulse por- tion of the signal with acertain accuracy, but does not try

to encode non-pulse-like portions of the signal as well, which the coder

would do when the inventive controller i0-UO of Fig. 10 were not there. 35

When step 1019 determines that the threshold is met, the pro- cedure is
“OsRhB ‘éég\%h‘é ChdRBYr, &fét(?orﬁﬁﬁns%ﬁqﬁﬁﬁck%@ deffmines tRat which

woweﬁeﬁgmpéﬁe@mr@m@nsﬂrw@tlyaweazowmaﬂa& of Fig. 1. 1In
th PC THER20084004:496 242 Met Hhe nuﬁmﬂ@ulﬁﬁﬁ%wre@ée@ﬁ@f encoder-

a hen, steps 101 18 and 10
Slgéarrgt-:-ﬂkziebzil}my aéggr%v%%\s\%? aE %Qi%lf%ueﬁnr%e%e{)p pu ses is prcc)jceeduqrr:;?1 g may

mc(::on nued uﬁ?f‘glﬁhﬁl c'?ﬁé’l%r‘?gﬂu?ﬂ a5 nfaxPSRTUMBEMS Sfdifsiedin its
wa pRided i§haetaNormbiyisewever, s plozedurs sult stepidue thhtheespect to
Fig¢hreshald criterion, shdhatgenarally the pumber @4 pulses (A emented into

th@or}-p%wﬁsg@al ﬂlﬁbe lsp&allgg/t ﬁggggggmberff Qulses WP h thg 1722
ncodlnq al%orlthm would allocate in the case of a pulse- ZlikB % S|gnall 16

Ubthet ficatishDFan AEEES Hhtoderis iIGsERRH int 15§, 180 generic
au%’dfih &ReEPEodet2 4 voited/uvbicedrdddisionls ypetformedEstindicated at:1ses
f r4800h8uchianensodes thepefes=de-rpending on igvaicefunvoigask into a

reS£gisian, afirst gedshoifar,15 voiged ?Hwnsbi‘eg)?ssez‘%?;d Cé)é‘§b°8kd 26a

nce with an’embodiment of the presen

woér(%sg:ﬁ:rgcgtgeeom%ﬁ aﬁ%@glcsggi/asynt%v}é%ls Brd&SHuredis oﬁ|§}f=hséd’ﬂﬁ“‘far ying
Wa g - Fnﬂﬁlﬁ%’imb fse Ot iffoRmanien Whint®vdibed perivhusds/beertation
codietectd@ by widckh1300:as isdodicatedat 1810. tiaen; owever, 24te 10b in
ri&Elfsengader deternjnes apunvpiced poLtian, thepsthe CELR . 1726 whicn
would correspend to the filterbank-based audio coder 16 in
Fig. 4a. Naturally, the closed-loop embodiment of Fig. 4b can
additionally be implemented into the Fig. 17¢ encoding system.

Preferably, a psychoacoustically controlled signal encoder 16
of Fig. 1 is used. Preferably, the psychoacoustic model 1602,
which 1is for example similar to the corresponding bleock in
Fig. 16a is implemented in Fig. 15 so that its input is con-
nected to the audio signal 8. This makes sure that the psycho-
acoustic masking threshold information on line 1500 reflects
the situation of the original audio signal, rather than the
residual signal at the output of the residual signal generator
26. Thus, the guantizer 1604a is controlled by mésking thresh-
old information 1500 which is not derived from the signal ac-
tually quantized, but which is derived from the original audio
signal before the residual signal 18 was calculated. This pro-

input to the output of the residual signal generator 26 due to
the fact that the masking effect of the impulse-like signal
portion is utilized as well so that the bitrate can be further
decreased. On the other hand, however, a connection of the
psychoacoustic model input Lo the output of the residual sig-



10

15

20

25

30

35

encoder output for these unvoiced portions is not calculated or at least
ignored and not included into the encoded impulse signal. In accordance
with the present invention, these un- voiced portions are encoded using

W aegigiaf coder and, 25 therefore, al'};e modification of sucPCarERrB8Hes496
consists of ig- noring the encoder output for unvoiced portions as
indicated at 1320. The present invention is preferably combined to the
concept of 30 switched coding with a dynamically variable warped LPC

fil 17,41 LP ;
nai'?&g%ﬁé@%%m 'Q«J{: 9t alﬁ? 'géo%%ee(f%%i{(%gl%/?% gs&dﬁ%l sig-

Impulse coder is represented by b
na kb k- ﬁ&s%@ﬂes?d{?di%oﬁéf;e&ﬂtalr%“g pRIPESETRBARY stldfirg, TRSking
thiposkible to Hseavaifiedatirhb85fredUehey opreseatdtionifon bdth tigenerally
po 38 604a{dl 72demd theo residiial godera pyhich is-aohindicatedn Fig produce

%g gh%'ﬁceo 2 pracessing.of the audio pqut E‘PE‘UJ’&Q%?DPQ’ ! qgntbgkpr%he psy-

722 1s not performed, but would be performed in order W
ChoRRR IR EPSAIcH ARG H51H prBid8ThEiRAdt |ﬁfbdt’h‘é signal.

generic audio coder 1726 which would correspond to the residual signal

GerfOgLl 16,0 e £k dhe thismsyoneeas avaiddwe anadysis filterswalitheéon have
neoder-side and hwo. SanDESIS.fIHEJ'S(.&Lm&.d%CQdBYESide Amis may 5

mcluée a ;ﬁ'z;rﬁlc adaptatlon of a generalized filter in its warping

characteristics, as has been described with respect to Fig. 17c. Thus, the
Engpdsast invedtion eltbedmpémeriteadnto B iakidwWork &f Fige niyergy-based
1apsacessing theyprestiltarehi?2? ohtpudsignal beforerinpaiding this signadptional

la y@P th%@@e%}@gaugloscpgﬁg 1726, andsby ad&!}{‘é“ai'hﬁﬁi@ét”&@#a ction)
ul ses the a CPdlo signal before Rhe audl% I}aén ut |nt(1 certain
prf §|du§I excEiatlon c0dér 2. TS, Bfocks dSZE?a Woufld

CO‘P%‘\?@%BtbeCrﬁad@tPatltﬁé%tp‘i&%‘Fﬂie tlrﬁéﬁ/ai‘%‘ﬁg‘]ﬁﬁrp‘éﬁq‘ﬁt’ér ir22tungd to
hankie enput Into the uésielsial/excitatior 15idaderidayidd-whicbdvduger is an un-

mo&PHESRONE tothemprlse ceder Lk Figpdasndithe igputof the 1 terbank-

baé@@eq%?ggmfgdg&%Z§QMIgggent and the speech enhancement is

an optional laver.

Generally, the impulse coding method is selected in addition
to the filterbank-based coding mode if the underlying source
model for the impulses {e.g. glottal impulse excitation) fits
well for the input signal, the impulse coding can start at any
convenient point in time; the impulse coding mode 1s selected
in addition to the filterbank-based coding mode if the under-
lying source model for the impulses (e.g. glottal impulse ex-
citation) fits well for the input signal:; and this does not
involve an analysis of the rate-distortion behavior of both
codec and is therefore wvastly more efficient in the encoding
process.

A preferred impulse coding or pulse train coding method is the
technigue of waveform interpolation as described in “Speech
coding below 4 kB/s using waveform interpeolation”, W. B.
Kleijn, Globecom ‘91, pages 1879 to 1B83, or in “A speech
coder based on decomposition of characteristic waveforms”, W.
B. Kleijn and J. Haagen, ICASSP 1995, pages 508 to 511.
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EYRplERERE

would correspond to the filterbank-based audio coder 16 in Fig. 4a.

Naturally, the closed-loop embodiment of Fig. 4b can additionally be

implemented into the Fig. 17c encoding system. 20 Preferably, a

Vissgeigdattdstically controlled signal epgoder 16 of Fig. 1 iSREEEP2008/604496

Preferably, the psychoacoustic model 1602, which is for example similar

to the corresponding block in Fig. 16a is implemented in Fig. 15 so that its

input is con 25 nected to the audio signal B. This makes sure that the

psycho- acoustic masking threshold information on line 1500 reflects the
rhélluslonel fasedginal audip signabdalhesion s Jedud Siandl R ro.
thgu;}gy{ og‘:thelreead%altl nal enerator, 26. T_hus, the quantizer ais

Cohtrolicd By frfasking thre & 30 Bkt infBifAfidi? 1500 which WAGEdRRRd that
mofHht ARLdigRal srRfudigusthtiord, i whitch is xiesivedricorn sheaodginale de-
ta alidiodsignal beforenthesrasidubl sigpal 18pwas ealculateds U Broskilled in
rh&edure is greferablyaver ecti oacgqustic mpdel .input t
th ‘taheso%t %t offthgg:g1 reﬁ%ﬁaﬁggﬁgpen@?gg@gﬁﬁe tccé))c%l%S tl%ue %%?Ltggﬁjhggly by

r1% Pihe TRTIEIE S5R8" boftibh EStifsH ASWelt¥o ther spe-

“maskKi effject 0
Cifiehittatc it bB TaRREI e cRiasEd YOR thelofar Hthith howeverseplanat ion
o £ cohrectdroofithen psyelaacaustic model input to the output of the residual

sig WO 2008/151755 PCT/EP2008/004496 44 nal generator 18 might
also be useful, sinci:eatlhr? rfgidfarLs;%]- nal is an actual audio signal, and

Do SRSt i61d 19BwBvE HifBEGATnG: che inven-

CONSEq ntly, fias a masklnﬁ f‘?1y(aes

%lén is G¥herally Sdsssle divtlssRI foecerthin appitaaioprtad in
ha yil¥ produce 5 Enhighdithitrate cdPhpareditd dres situatiomin shichsthe sy formed
usghgfa@uati@ﬂm;el é@@%i@ﬁsdm@imm@Or.iigmagt@ﬁlﬁii%éigé@!,- l‘éeraﬁ@us,/' a DVD

pr iment e present invention have several aspects

orwﬁgbsgﬂ%br%%ugmr%eéﬁ%gé Eé%lf% ?v% 15 ENS ancs?ge:rlﬂeéthsoﬁ%}as{@nﬁtor ed
ChepfitRg: ftRHEhk L RRRS is'Hhiiy SPHReEAPTAE tpesdiputer  systems
Su%hhémﬁﬁnéﬁQSéﬁYﬁmmhaﬁ methods are performed. Generally, the
present invention is therefore a computer program product with

@ program code stored on a machine-readable carrier, the pro-
gram code being operated for ?erforming the inventive methods
when the computer program product runs on a computer. In other
words, the inventive methods are, therefore, a computer pro-
gram having a program code for performing at least one of the
inventive methods when the computer program runs on & com-

puter.

Literature:

[EA100} B. Edler, G. Schuller: "Audio coding using a psycho-
acoustic pre- and post-filter", ICASSP 2000, Volume 2,
5~9 June 2000 Page{s):II881 - II884 vol.2:

[Sch02] G. Schuller, B. Yu, D. Huang, and B. Edler, "Perceptual
Audio Coding using Adaptive Pre- and Post-Filters and
Lossless Compression", IEEE Transactions on Speech and
Audio Processing, September 2002, pp. 379-390;
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layer; performing a signal analysis (the impulse extraction) prior to the

coding; the impulse coder handles only a certain 15 component of the

input signal; the impulse coder is tuned to handle only impulses; and the
Wil Based layer is an un- modifigg filterbank-based caterRBEES IS

side: filterbank- based layer is always present; and the speech

enhancement is an optional layer. 20 Generally, the impulse coding

method is selected in addition to the filterbank-based coding mode if the

[zwingerlyingisawee mmodeldar the inrpuises (e gsglotiah repyse @Xcitatioms and
fits well,for é@g bqplgﬁg_rﬁqje@e\ﬂm%%g cg@i_pgi an start at any 25

convenient point in time; the impuise coding mode'is selected in addition
to the filterbank-based coding mode if the under- lying source model for

[KHA® iInhpllsesKexjl glatialgmpulse. ex-teitativn) fits.well farahsdanput sigedli zable
and this,degeaotr involvelar: asalysia ot theirate-distrtiondehavioket 1casse
both 30 cagec zyig isztgggefgrezg _%tl,y more §fficient in the encoding

process. A preférred impulse coding or pulse train coding method is the
technique of waveform interpolation as described in "Speech 35 coding
[ Shefow 47kB/s uBihbtiavelofm intkdpblatioRank. BrdeifREG|BEEd0mag], Trans-

charactepstic yayeforms', W 5B Kielinand J1daagen, JCASSP 19735, .
pages 508°to 511. WO 2008/151755'4 5 PCT/EP2008/004496 The
below-described embodiments are merely illustrative for the principles of

[HERE Pleseritidventidrk it is uhaeiiééd fisat: modifications apaWiaribdions dfauri;
the arrangemmerits anddhe dea faits, desaribed.herpiowihbeappamiQ “Fre-
others skilladbin_fhe-pdalt is thsintentp therefare to be limitegh anly byahe 5 o -

scope arf the impending patent ¢claims and _not by the spe- cific details
presented by wé o'deO él%él?:arﬁptigr% an Sxp}?aﬁr%a{tior"%oolﬁ% ecéno f’ﬁq‘gﬁg 11 pp.
herein. 1f11-1031; November 2000;

[SOB0O3] E. Schuijers, W. Oomen, B. den Brinker, J. Breesbaart,
“Advances in Parametric Coding for High-Quality Audioc”,
1i4th Convention, Amsterdam, The Netherlands 2003, pre-
print 5852;

[WSKHO5} S. Wabnik, G. Schuller, U. Krémer, J. Hirschfeld,
~Frequency Warping in Low Delay Audio Coding”, IEEE In-
ternational Conference on Acoustics, Speech, and Signal
Processing, March 18-23, 2005, Philadelphia, PA, USA;

fTMKS4] K. Tokuda, H. Matsumura, T. Kobavyashi and $. Imai,
“Speech coding based on adaptive mel-cepstral analy-
sis,” Proc. IEEE ICASSP’'94, pp.197-200, Apr. 1994;

[KTK%5] K. Koishida, K. Tokuda, T. Kobayashi and S. Imai, “CELP
coding based on mel-cepstral analysis,” FProc. IEEE
ICASSP’ 95, pp.33-36, 1995;

[HLM9S8] Aki H&érm&, Unto K. Laine, Matti Karjalainen, “Warped
low-delay CELP for wideband audio coding”, 17th Inter-
national AES Conference, Florence, Italy, 1999;



Depending on certain implementation requirements of the inven- tive
methods, the inventive methods can be implemented in hardware or in
software. The implementation can be performed using a digital storage
Wi aelibihdldSparticular, a disc, a DVD 15 0or a CD having ~ PCT/EP2008/004496
electronically-readable control signals'stored thereon, which co-operate
with programmable computer systems such that the inventive methods
are performed. Generally, the present invention is therefore a computer
program product with a program code stored on a machine-readable
ler, the pro 20 gram code being operated for performing the inventive
{B%geqrﬁdé 'whergr(fj ﬁwsegg%r%pute% progggr%)e routict ru%s on ¥coliputer. IHNLVERSAL
other WOTBE ARV Ve ENTodESINES tHErBRorB, ACBRHIREX pREGIBERUES,
having & psegrantEade fargssrf@ming aijeast@ne-ofibe , inveotye
methods when the computer program runs on a com- 25 puter. Literature:

30 (ll:gdl 01 B, Edler, G. . Schuller: "Audio codi sing_a psycho- acoustic

(ot n%’ébgtl-ﬁlter: 'ICA%S#JZBOS‘?\%Iu%%az{jggﬂge\]&%gf@éﬁual Coder for
Page(s}iBB14 18884 90)2; {SchoR] BESchifeYeBIYanD. Hgangyamd B1997,
Edler, "Pesgepinmal 35 2Xudiazbding using Adaptive Pre- and Post-Filters
and Lossless Compression”, IEEE Transactions on Speech and Audio

Pr ssing,.Septembgr 2002 .379:399' WO 2Q08/151755 4 6. " o
10 K roa o S LT P ERet, ABR Ghoegbedcs, o F-

Facts aR@Mdddls", BprifeaéRdg, B&ifin; [KHLDYE MMREFafkifap R, Pren-
Harma, e Ldiné,l'Rédizabléis wianped 4IR fikeris=and theio propegis”, 0-13-
IEEE IGASSP11997, pp. 2205 - 2208, vol.3; [SA99] J.0. Smith, J.S. Abel,

"Bark and ERB Bilinear Trans- forms", IEEE Transactions on Speech and

Audio Prncess- 10 ing, Volume 7, Issue 6, Nov. 1999, pp. 697 - 708;

[HKSOO] Harma, Aki; Karjalainen, Matti; Savioja, Lauri; Valimaki, Vesa,

Laine, Unto K.; Huopaniemi, Jyri, "Fre- quency-Warped Signal Processing

for Audio Applica
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15 tions", Journal of the AES, Volume 48 Number 11 pp. 1011-1031;
November 2000; [SOBO3] E. Schuijers, W. Oomen, B. den Brinker, J.
Breebaart, "Advances in Parametric4goding for High-Quality Audio”, 20
114th Convention, Amsterdam, The Netherlands 2003, pre- print 5852;
[WSKHOS] S. Wabnik, G. Schuller, U. Kramer, J. Hirschfeld, ,,Frequency
Warping in Low Delay Audio Coding’s ilzEE In- 25 ternational Conference
on Acoustics, Speech, and Signal Processing, March 18-23, 2005,
Phlladelphla PA, USA; [TMK94] K. Tokuda, H. Matsumura, T. Kobayashi

© and*&° I]rﬁalem%‘ﬁ%‘ét:h t8ding saset 6n 3Haﬁ%lﬁ1et5&€‘ﬁj$’[ﬁal Afalyrgo an im-

sis b PreeIEEE ICASSR94 appl 1972060, iApr 19940 {KTK95] Korfoishidag :
K. Tokuda, T. Kobayashi and S. Imai, "CELP coding based on

met- cepstralffnalyﬂs Proc. IEEE ICASSP' 95 %p33 -36, 1995; 35
[HLMo9) Aki Harma UG 1 Laite, MA I%anal%me% 63\N]é1mBél€f Tow-dfayPC
CEEPYor \ﬁmaﬁ@%ué%é‘dlﬁgglﬁih Int&re nanowalEES::Conferenceiaving

Floeancaydtalys é%&@%f@&ﬁéb&&@f@wgE&@Qﬂ@@“@@qéﬁo@'{%@% to
B. tte, re, R. Sal ml "UNIVERSAL SPEECH/AUDIO
co%?fﬁaéﬁds%cls_e %%gs\éﬁ% ACEIBITCEX TECHRIGUES,” Proc. IEEE

ICASSP 2005, pp. 301 - 304, 2005; 5 [Gri97] Grill, B., "A Bit Rate Scalable
Pergeptuah€dderfor MPEG4 Audias 103rd=-AES ﬁomv&ntimgmew Yotk ived

1997, Rreprint 4620..and; 10 [Her02) Jy Herre, H, Purnhagen: @gf&%'l sig-
Audio Coding", in F. Pereira, T. Ebrahimi (Eds.), "The MPEG-4 B

Pref? tice HAll Wé@ﬁﬁfnrﬁé&%%eff?&%dﬁe TSBRF0-AR° 6162 15‘219%}8’ 5ig-

Claims so that the impulse-like portion is reduced or elimi-

nated from the audic signal; and

an output interface for outputting the encoded impulse-
like signal and the encoded residual signal, to provide an

encoded signal,

wherein the impulse encoder is configured for not provid-
ing an encoded impulse-like signal, when the impulse ex-
tractor i1s not able to find an impulse portion in the au-

dio signal.

Audic encoder in accordance with claim 1, wherein the im-
pulse coder and the signal coder are designed such that
the impulse coder 1is better sulted for impulse-like sig-
nals than the signal encoder and that the signal encoder
is better suited for stationary signals than the impulse

coder.,

Audio enceoder in accerdance with claim 1 or 2, further
comprising a residual signal generator, the residual sig-
nal generator being adapted for receiving the audio sig-
nal and information relating to the extracted impulse-

like signal portions and for cutputting the re-
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1. Audio encoder for encoding an audio signal having an im- pulse-like
portion and a stationary portion, comprising: 5 an impulse extractor for

extracting the impulse-like por- tion frggn the audio signal, the

impulse-extractor having an impulse coder for encoding the impulse-like
portions to obtain an encoded impulse-like signal; 10 a signal encoder for
encotihg:a resigual sighatderived: from the auditesignal ta<ebtainas signal
encgded residual sig- nal, the residual signal being derived from the audio
sig- nal so that the impulse-like portion is reduced or elimi- 15 nated from

the audio signal; and an output interface for outputting the encoded

- im i dike sigrdt and thezerncodsdiresideat signdk tanprovidéranwhich the

encp@i@gcﬁmalszgmer%@ntiks@alwl%@?g@%e; i%cgﬁhfﬂs_ialyggéeysn%toz sub-
proyid- ing an encoded impulse-like signal, when the impulse ex- tractor is .

not\%b‘f‘ecr%ﬁﬁd ézr% ?mpﬁ{?e“"ﬁgrrti%%(insfgénga-_ o0'signal’ 5%%&3% aucio
encoer it aéCorelantewithh &lalinsT,dvhdrein tieein- pulse coder and the.

signal coder are designed such that the impulse coder is better suited for

. implse:ike sigs nals then hesignalencader and tat the signal encoder

30 Is better suited for stationary signals than the impulsé coder. 3. Audio
encoder in accordance with claim 1 or 2, further comprising a residual
signal gemecator,ithe rasiduaksigx 8baal generatopbeing:adapted fortract =

recelying,the,audio sig nal gad informationgelating i9 the extracted, .y oy -

impulse- like si%nal portions and for outputting the re 49 sidual signal
whith @5 Fotinclude the extracted signal

in which the residual signal generator i1s coperative to
synthesize the wave form representation using the para-
metric representation, and to subtract the wave form rep-

resentation from the audio signal.

Audioc encoder in accordance with claim 3, 4in which the
residual signal generator includes an impulse decoder for
calculating a decoded impulse-like signal, and a subtrac-
Cor for subtracting the decoded impulse-like signal from

The audioc signal.
Audic encoder in accordance with claim 3,

in which the impulse extractor includes an LEC anaiysis
stage for performing a LPC analysis of the audio signal,
the LPC analysis being such that a prediction error sig-

nal is obtained,

in which the impulse extractor includes a prediction er-
ror signal processor for processing the prediction error
signal such that an impulse like characteristic of this

signal 1s enhanced, and
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portions. 4. Audio encoder in accordance with claim 3, in which the 5

residual signal generator includes a subtractor for sub- tracting the

extracted signal portions from the audio signal to obtain the residual

signal. 5. Audio encoder in accordané€ with claim 3, 10 in which the

impulse extractor is operative to extract a parametric representation of

the impulsedike signakpar: dions; andy151in whichithedesidwal signadtive to
gengrater i opgrative to ;synthesize the.wave fgrm representation Using . ; .,

the para- metric representation, and to subtract the wave form rep- -
res&ntation Frofi the aldio Sigiial” 26%:; Autlic’ eA88der'if Htcordghce with the
claibF8, invwhichsthe rasiduatisfgnalgéneratarimcludes @rtimipulséie resid-
decegder farggalculating a decoded impulse-like signal, and a subtrac- tor

for subtracting the decoded impulse-like signal from the audio signal. 25

7. Audio encoder in accordance with claim 3, in which the impulse

- extretrindiges an LPT anafisis stage for perforisinga LRCanaksisotny

the audiasignak 3d.therL REanalysis being suehdhat-a peedictionerren im-
Sl ds phiainegls [ which e Iypyise edadtar polldes AREEA 1 on
er- ror sig nal processor for processing the prediction error signal suc N

thafdn imSuls2Tke char&cteristic of tis &diial 1§ @nlishcéd, a0 75— 1ike
which the sesidualksigrakigeheratot isopetativedo cperdormean LPC not pro-

synthegis; using.the enhanced.prediction error Signal and to subtract a
signal resulting from the LPC synthesis from the audio signal to. obtain

the resid- 5 ual signal.
Audio encoder in accordance with claim 8, in which the

impulse/non-impulse stage is a voiliced/unvoiced decision

stage.

Audio encoder in accordance with one of the preceding
claims, in which the audio signal has a formant structure
and a fine structure, in which the impulse extractor is
operative to process the audic signal so that a processed
signal only represents the fine structure, and to process
the fine structure signal sc¢ that the impulse-like char-

acteristic of the fine structure signal is enhanced, and

in which the enhanced fine structure signal 1s encoded by

the impulse coder

Audioc encoder in accordance with one cof the preceding
claims, 1in which the signal encoder i1s a transform or
filterbank based genesral audio encodey, and in which the

impulse coder is a time domaln based coder.

Audio enceder in accordance with one of the preceding
claims, in which the impulse extracteor includes an ACELP
coder having an LPC analysis stage to obtaln short-term

predictor informaticn, a pitch determi-
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8. Audio encoder in accordance with one of the preceding claims, in
which the impulse extractor comprises an im- pulse/non-impulse decision
stage, and in which a portion 10 of the audio signal being detected as an
impulse-like portion is provided to thé impulse coder and is not pro- vided
to the signal encoder. 9. Audio encoder in accordance with claim 8, in
which the 15 impulse/non-impulse stage is a voiced/unvoiced decision

stage. 10,,Audio enceder in,aceordance with one of the preceding claims, |

in which the audio signal has a formant structure 20 and a fine structure,

in Which'the" G158 exrattor i§ Upefatie R iotess 1€ andio Signgréaning
thatcaprdoessed rsigrmalednily represerits the fine struttre, anditoiprosesst a

the finsistructure signal so that the-impulse-like. chars acteristic,of the fine: : o
struggjrg s:g%rslalcjsgfhgncrelg and_25 in which the enhanced fine structure
signal is encod’e&‘ﬁy -ﬁ&mpﬂls%r%:%der 11. Audio encoder in accordance
with one of the preceding 30 claims, in which the signal encoder is a

transferre of: filtertbank based genesalmaudio enspdet anekinawhiehthec: the
'mpﬂﬁ%pdc%rﬁ?t&@%edﬁﬁ%'g %‘E‘Se&%ocier; 12*&@%91'%(%‘3%%% 1. gain to

¢ ng
accordance with one of the preceding 35 claims, in w e impuls

extrattctiAcides dHFACELE ‘cotfet hallifgars LPE AHafyss dstage toe Tirst
obtdinrshortterny predictdrinfarmationr apitth-getermixb: ratfonsstages for

for gbtaiping, pitchJpformatipn and a longs ferm.predicigrgain,and.a . cong
codebook stage for determining codebook information relating to pulse
pOSTtioHS 6 4 “hdthBer 6f paises TsBdfor He fafmetittepfsehtation 09~
of atresidural sigdl L and wehierein the impulse extractor is operative to

control the ACELP coder depending on the long-term prediction gain to

Rudlic encoder in accordance with claim 12, in which a
maximum of the wvariable number of pulses 1s egual or

lower than the fixed number.

Audio encoder in accordance with claim 12 or 13, wherein
the impulse extractor is operative to control the ACELP
coder sc that a gradual allocaticn starting from a small
numier c¢f pulses and proceeding to a highsr number of
pulses 1s performed, and wherein the gradual allocation
i1s stopped, when an error energy is below a predetermined

energy threshold.

Audio encoder in accordance with cone of the claims 12 to
14, in which the impulse exiractor is opesrative to con-
trol the ACELP coder, so that in case of a long-term pre-
dictor gain being higher than a threshold, possible pulse
positions are determined to ke in a grid which is based

on at least one pulse position from a preceding frame,

Audio encoder in accordance with claim 3,
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allocate either a variable number of pulses for the first 10 long-term
prediction gain or a fixed number of pulses for a second long-term
prediction gain, wherein the second long-term prediction gain is greater
than the first long- term prediction gaip, 15 13. Audio encoder in
accordance with claim 12, in which a maximum of the variable number of
pulses is equal or lower than the fixed number. 14. Audio encoder in
accordance withclaim 12 or 13, wherein _20 the impulse extractor is
et oA (AP o S5t & R S SEing ™
fromEsmalt nimhbBr ofpaIces andipreteédingdo AigheEninber opns and
pulses:istpertarmeddnd: wherekathegradual allocation is stopped, when

an error energy is below a predetermined 25 energy threshold. 15. Audio
encoder in accordance with one of the claims 12 to 14, in which the
impifse"BXtattor 1§ opérative s com-6rthe REEFS ehder s¢itanive to
casesgf aloagaenire 30dictbs gaincbeing tigher thancatiresheld, impulse
possible Hulse, pasitions) ake; determingdto be in a gridhwhichds hased QN e
at Ig%sti%nesgulsg thSci)ti%%gg.{?a a, r{ecedingcifque. 16. Audio encoder in
accorgance With cjlaim 3, in‘whic tﬁ%Slmp%‘Tse coderis a code excited
linear pre- diction (CELP) encoder calculating impulse positions and

-quaniized impiise valuess and:aiirwhichitbe resigual signal generator is

operative to use unquantized impulse positions and quantized impulse

values for calculating a signal to be subtracted -from the audio signalto
obtaih tHE Ye&idGarsigia =165 7S AbaR &R0 det fit BEESrdancEith gy s 1

3, inwhicinthesimpulse extractof inclutessaCEliP @analysis: byisythesisulse
progess fordetermining upguantized impulsg. .:gnai, anc

in which the impulse coder is operative to code the im-
pulse position with a precision higher than a precision

of a quantized short-term prediction information.
Audic encoder in accordance with claim 3,

in which the impulse extractor is operative to determins

a signal portion as impulse-like, and

in which the residual signal gensrator is operative to
replace the signal portion cf the audio signal by a syn-
thesls signal having a reduced or no impulse-like struc-

ture.

ARudio encoder in accordance with claim 18, in which the
residual signal generator is g¢perative to calculate the
synthesis signal by extrapclation from a border between

an impulse-like signal and the non~impulse-like signal.

Audio encoder in accordance with c¢laim 18, 1in which the
resicdual signal generator is opsgrative to calculate the

synthesis signal by weighting the audio signal in the im-
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15 positions in the prediction error signal, and in which the impulse coder
is operative to code the im- pulse position with a precision higher than a
precision of a quantized short-term prediction information. 20 18. Audio
encoder in accordance with claim 3, in which the impulse extractor is
operative to determine a signal portiéﬁ as impulse-like, and 25 in which
the residual signal generator is operative to replace the signal portion of
the audia signal by a syn- thesis signal having a reduced or no
imp%fs%s- [ _e%t%c-%tajr:?]f& 18740 ioaen%%aganlggcogagﬁgg ihctainr £
18, Yn Which the residual signal generator is operative to calculate the
synthesis signal by extrapolation from aborder between an impulse-like

signal and t@%ee&é@wﬁ?ﬂl&g%@ﬁ%Otﬁ\Udégsn%%de%é?e preceding

accordance with claim 18, in which the _ residua signal generator i .

operafivé'fo calCuldte'thie syifthésig&ignat By Srsighting the Badi SigRarmt: -
thedm 53 pulsesike partionwsirg acweightingifactotf:smallerithanh0b:2lstic
Audig encoderdn.accqrdance with one.of the preceding S.¢laims, in yhich

the sig}r:allengoge[ is.a ps choacogsti- cally}driven audio encoder, wherein
a pSycioacoustic hasking thréstiold udsdtom qiARtYmG audio Vafues ig"a
caleulateteusing tivaudiosignaly andwivereintthe sigrsdldencoderdsal in a

opeigtive ta.convepthedesiduab signaldn a 40 speetral represemtation,and;

to asuantlgg C_yfllues of the ﬁ}g%gtral re r.esenégﬂtg{gn using the

eC . represen o, U n = oacoushic ma in
psyc%oacoustlc masking reéshold~22 Rudio entoder in accoraance wﬁﬁ g

one-6fthiepreeeding

Audic encoder 1in accordance with one of the preceding

claims,

in which the impulse extractor is operative to extract an
impulse~-like signal from the audio signal to obtain an

extracted impulse-like signal,

in which the impulse extractor is operative to manipulate
the extracted impulse-like signal to obtain an enhanced
impulse-like signal with a more ideal impulse-like shape

compared to a shape of the extracted impulse-like signal,

in which the impulse coder 1s operative to encode the en-
hanced impulse-like signal to obtain an encoeded enhanced

impulse-like signal, and

in which the audic encoder includes a residual signal
caiculator for subtracting the extracted impulse-like
signal or the enhanced impulse-like signal or a signal
derived by decoding the encoded enhanced impulse-like
signal from the audic signal to obtain the residual sig-

nal.
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24

25.

15 claims, in which the impulse extractor is operative to extract an
impulse-like signal from the audio signal to obtain an extracted
impulse-like signal, 20 in which the impulse extractor is operative to
manipulate the extracted impulse-liké4signal to obtain an enhanced
impulse-like signal with a more ideal impulse-like shape compared to a
shape of the extracted impulse-like signal, 25 in which the impulse coder

Is operative 19 encode the en- hanced impulseslike,gignal fo abtainan. . . ; ;4

encoded enhanced impulse-like signal, and 30 in which the audio™
encodetificludes &'fesiduat Siynafeaidfatr forstiftfactifg feEstraced £or
imperse~ike isignaboritheudriiraricedi mpwse-like signal or a signal

derived by decoding the encoded enhanced impulse-like signal from the
audio signal to obtain the residual sig- 35 nal. 54 23. Audio encoder in ‘
acc%%dé%&g {With one B fﬁ{esgre%gﬁ?n% égirﬁéaiﬁt\/v%dirﬁfﬁe ‘ﬁ%ﬁéjeng a0 AT
extratt6Eisoperativeifor exiratting an iMmpulsean, aid 5tirawhich the Less
impuise coder isradapted far eneeding:an:m=pulse-train like sigaalavith
higher efficiency or less encoding error than a non-impulse-train like

signal. 24. Method of encoding an audio signal having an impulse-like 10

‘portiBhHifd & Statiomary portioh, EdfprisRgréxrdeding thie dmptideige —1 1 ke

portionfiom thedaudic sig: hah:the step of exjracting comiprising a step of
encoding the impulse-like portions to obtain an encoded impulse- 15 like
signal; encoding a residual signal derived from the audio signal to obtain
an EREGAST 18 ddﬁ%igﬁgﬁ’ﬂﬁ@%éiﬂ}ﬁﬁl Sghar BRing dBtivedFrofrthe Si9-
audie sigriatsotharthefimpulsecting comprising a step of encoding
the impulse-like portions to obtain an encoded impulse-

like signal;

encoding a residual signal derived from the audio signal
to obtain an encoded residual signal, the residual signal
being derived from the audioc signal so that the impulse-~
like portion is reduced or eliminated from the audioc sig-

nal; and

outputting, by transmitting or steoring, the encoded im-
pulse-like signal and the encoded residual signal, to

provide an encoded signal,

wherein the step of impulse encoding is not performed,
when the step of impulse-extracting does not find an im-

pulse porticn in the audic signal.

Decoder for decoding an encoded audio signal having an
encoded impulse-like signal and an encodsd residual sig-

nal, comprising:

an impulse deccder for decoding the encoded impulse-like
signal using a deccding algorithm adapted to a coding al-

gerithm used for generating the encoded impulse-
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20 like portion is reduced or eliminated from the audio sig- nal; and

outputting, by transmitting or storing, the encoded im- pulse-like signal

and the encoded residual signal, to 25 provide an encoded signal,

wherein the step of impulse encodings not performed, when the step of
impulse-extracting does not find an im- pulse portion in the audio signal.

30 25. Decoder for decoding an encoded audio signal having an encoded
impuldeElike St aﬂa%ﬁéﬁc&dé%ﬁéﬁ&@m@@-ﬁrféﬂ?ééﬁqbﬁswg%%laﬁS ob-
imputsendecoder for decoding the encoded impulse-like signal using a
decoding algorithm adapted to a coding al- gorithm used for generating

the encoded impulse 55 like signal, wherein a decoded impulse-like _
sigial Ts 6B tai Sa?g%an%?%%8889?&%&%%%@&&&&%%&@&lgm
signdl 15 wsingre dedddingaalgorithphadaptad-teca coding atgbrittmauiged i thm
for generating the gacaded sesidualsignal. wherein a decoded sesidygl. re ;
sigr(,]aalcgtse og(%igeg&qq aﬁ‘iggal %orpblper fgr&gqmb(iln_ing the decoded
impulse-ﬁke iniv ag‘n‘é?czand the decoded residuar signal to provide a de-
coded output signal, wherein the signal decoder and the impulse decoder
areopefative topravideseutput values i relatgd ta dheisamestime ipstaptof, i ke

a dgg%gg%q signal, 15 whereinthe impulse decoder is opgga:riiy)% to receive tem

the encoded impuTéLe@-IjkuemsﬁU nal and provide the decoded in- p%Y§§ﬁked -

sigiaHitSpBLifidd tinfe Boftions ‘Separated bye periddsih Which4RE siyiral the

decuoder prevides-thiedecaded gpsidual signalandthe impulse decodera lues

does-nqtprovide 20 the decoded impulsesfike signal, 5o-that the decaded

out- put signal has the periods in which the decoded output
wherein the impulse decocder 1s operative to regeive the
encoded impulse-like signal and provide the decoded im-~
pulse-like signal at specified time portions separated by
periods in which the signal decoder provides the decoded
residual signal and the impulse decoder does not provide
the decoded impulse-like signal, so that the decoded out-
put signal has the periods in which the decoded output
signal 1is 1dentical to the decoded residual signal and
the decoded output signal has the specified time portiocons
in which the decoded output signal consists of the de-
coded residual signal and the decoded impulse-like signal

or conslists of the decoded impulse~like signal only.

Decoder in accordance with claim 25, in which the impulse
decoder is a time domain decoder and the signal decoder)

is a filterbank or transform based decoder.

Decoder in accordance with one of claims 25 to 26, in
which the encoded audioc signal includes side information

indicating information relating to an enceding or
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signal is identical to the decoded residual signal and the decoded output
signal has the specified time portions in which the decoded output signal
consists of the de 25 coded residual signal and the decoded impulse-like
signal or consists of the decoded im rg‘iglse-like signal only. 26. Decoder in
accordance with claim 25, in which th€'impulse decoder is a time domain
decoder and the signal decoder) 30 is a filterbank or transform based
decoder. 27. Decoder in accordance with one of claims 25 to 26, in which

the @fieodetcaldis Sigiat dldés srietinfsiation Hticatiy mfcrmatiomal .
relating to an encoding or 56 decoding characteristic pertinent to the

residual signal, and in which the combiner is operative to combine the
decoded 5 residual signal and the decoded |mpulse -like signal in

accorddfice ith'the S irtGrmatior? 28 Ddcbuer fn aelGrdancelifitiisrecsd
of ctaimsi2B to 26 dgnawhiehdhetside mdommationiindicates-thateat ahgnal in
impulse, 10 Jikepartien, asynthetic signal-has been generated in the

residual signal, and in which the combiner is operative to suppress or at

least attenuate the decoded residual signal during the 15 impulse-like

-porki&r Mil¥Espohsextehiecside inforhidtionn29. Decoderimsacédrdarice? 6, in

withyenerof claimsi2hk:to; Z@NF}mWthh‘ltherﬁ‘lde anfegmatign jndieates thatan se -

impulse-|i ignal has ttenuated by £ attent]ét]bn factor 0 .
fore éeln ﬁ%ul%t%aé%ted %tﬁé?aﬁ%if% élg%a nd in whlcﬂ tHe ¢ comablngzr is “he
ope?ﬁﬁ\%@‘f@étt%haﬁ%mea@éi coded residual signal based on the

attenuation factor and to use the attenuated decoded signal for a

combinafion.,25 with the degoded wrgoul@gé%&&%a'@oo ngg%r D or at

accordance with one of claims 25 to 29, in which the encode

impUietiike®Sigharéomprides aﬂqwciﬁﬂserﬁilhqfk‘élslg?faﬁrﬁﬁd during the

impulse-iike portion in respconse to the side information.

Decoder 1in accordance with one of claims 25 to 26, in
which the side information indicates that an impulse-like
signal has been attenuated by an attenuation factor be-

fore bkeing subtracted from the audic signal, and

in which the combiner is operative to attenuate the de-
coded resicual signal based on the attenuation factor and
to use the attenuated deccded signal for a combination

with the deccded impulse-~like signal.

Decoder in accordance with one of claims 25 to 28, in
which the encoded impulse-like signal comprises an im-

pulse-train like signel, and

in which the decoder for decoding the encoded impulse-
like signal is operative to use a decoding algorithm
adapted to a coding algorithm, wherein the coding algo-
rithm is adapted for encoding an impulse-train like sig-
nal with higher efficiency or less encoding error than a

non-impulse-train like signal.
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30 in which the decoder for decoding the encoded impulse- like signal is
operative to use a decoding algorithm adapted to a coding algorithm,
wherein the coding algo- rithm is adapted for encoding an impulse-train
like sig 35 nal with higher efficiency ofless encoding error than a
non.-impulse-train like signal. 57 31. Method of decoding an encoded
ikguscggnal and an encoded

audip si ngl havigg an.en coded im ulge-
. ehﬁh Or COGIN _gn oncode 8 éﬁ%na VI odl en-—
residual signal, comprising: 5 decoding the encoded impulse-li es@nar

usiP e coliy Higorithth adapet ©'E coding eigethnT asédyerl signal,
genetais irig iheyencoded impulse-like signal, wherein a decoded

impulse-like signal is obtained; 10 decoding the encoded residual signal

using a decoding al- gorithm adapted to a_coding algorithm used for _
gen ?&l‘ﬂﬁjdrfﬁeéﬁoﬁ%ﬂ%@%%ub@gf@hﬁf“ﬁﬁéﬁ%irﬁé%‘é‘%%déalr%idﬁaﬁeCOdlng
sigralgs obtdinedvand 48 combiningrthecdecogediimpulse tike Signalandrat-
the degoded residualsignghin.provide p.decoded outpyt signal, whesein, qq

the ste siof decoding are OPerativ%to rovide output values related to the
1Ml L SE =)

same fime instant of a da-codéd Sigrat 56 wherein, in the step of

decoding the encoded impulse-like signal, the encoded impulse-like

specifi ime, portio eparated eriods in which the step of 25 .
e e R e eracins
sigrraiangtRe&tep 6fdecbding therdhcodetdifi-PulserlikéssigRsrdoessistual
prowiterthe decoded:imputse-like signal, so that the decoded output

signal has the periods, in which the decoded output signal is identical 30

to the decoded residual signal and the decoded output _
combining the decdded impulse-like signal and the decoded

residual signal to provide a decoded output signal,
wherein the steps of decoding are operative to provide
cutput wvaluss related tc the same fime instant of a de-

coded signal,

wherein, in the step of decoding the encodsd impulse-like
signal, the encoded impulse-like signal is received and
the decoded impulse-like signal is provided at specified
time portions separated by periocds in which the step of
decoding the encoded residual signal provides the decoded
residual signal and the step of decoding the encoded im-
pulse-like signal does not provide the decoded impulse-
like signal, so that the decoded output signal has the
periods, in which the decoded output signal is identical
to the decoded residual signal and the decoded output
signal has the specified time porticns in which the de-
coded output signal consists of the decoded residual sig-
nal and the decoded impulse-like =zignal or consists of

the impulse-like signal onlyv.
g Y

Encoded audioc signal having an encoded impulse-like sig-

nal, an encoded residual signal, and side
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signal has the specified time portions in which the de- coded output signal
consists of the decoded residual sig- nal and the decoded impulse-like

signal or consists of the impulse-like signal only. 35 32. Encoded audio
signal having an encoded impulse-like sig- nal, an encoded residual

signal, and side 58 information indicatigng information relating to an encod-

ing or decoding characteristic pertinent to the encoded residual signal or

the encoded impulse-like signal, 5 wherein the encoded impulse-like

signal fepresents specis fied time portions:0f the avdissignal, intwhichdhe oc-
au- £ %Slgya'4§e%grﬁgn@ﬁa%w@egqm%ﬁ imuulse-like S&%ﬁ%@@'ye%ééded

represented by the encoded residual signal and the encoded impulse-like
sigdl StHé Epecified 20 -timé porticHs bé&ig ¥eparattdi pandd<sn whigkal/
the wawdie isigridl4s enhyorepresented sy-thekencodederesidiat esignakanghec i~
not bydhe engoded impulse-like %'aaal@ééiQOE&%@&QVO&@Q@&%@&% au-
program csoidena(iapged for Eer- 15 Lorgunlg thetg]ethod of Cgzl%lm 24 ersl,_l -
when funfing 6n a processor, = HEe F¥  the encocec impuises..iie
signal only or is represented by the encoded residual

signal and the encoded impulse-like signal, the specified
time portions being separated by periods, in which the
audio signal is conly represented by the encoded residual

signal and not by the encoded impulse-like signal.

Computer program having a program code adapted for per-
forming the method of c¢laim 24 or 31, when running on a

processor.



