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Apparatus and Method for Converting an Audi o Signal
into a Paraneteri zed Representation , Apparatus and

wordboss2ior Modi fying a Paraneterized Represenp@r/EP29)9/001707

Appar atus and Method for Synthesizing a Paraneterized
Representation of an Audi o Signal Specification The
present invention is related to audio coding and, in
particular, to paraneterized audi o codi ng schenes,

vxtms&wees agRdi REthBdY €620CbhvePtdng ans Afdie Cdid_ﬁfél into
bé)hase vocopders. A tutorial on phase vocoders is the
A%P@Pd’ﬁ

arapeterizad Bapreseptatien, tys: ang, Method for
DoMbﬂﬂfY@N@Nifﬂhﬂﬂﬁbtbfﬁ!ﬁdﬁﬂapﬁﬁiéﬂfa&ﬂonDbhpﬁaratus and

986..An_additiona ubl i,cation
PRERRSH, £6%, Sinthietindily Hkd1$tePred Ripfageneation of
har noni zi ng and ot her otAudid f®igwdl L . Laroche and
M . Dol son, proceedings 1999, |EEE workshop on
appl i cations of signal processing to audio and
acoustics, New Paltz, New York, Cctober 17 to 20,
1999, pages 91 to 94. Hsgbcﬁfiéh@ﬁéﬁlustrate
di fferent inplenmentations and applications for a phase
vocoder. Fig. 5 illustrates a filter bank
Thpl ermrdeait onnvenaiphasies voeddeed ito wadho akoadtico and, in

proyjd . ~an te .
BaPSacuaish ey iy L AP s, whnicn
s;secappéaleply ineyeieadedifnel of the f| | ter bank
illustrated in Flg 5 conprises a band pass filter 501
§nd a iubsegﬁfn connected oscillator 502 Qut put
PEnaf< YSEPPRRLSor£S 5@ ¥SonV 8FP @ﬁénne¢s‘%ﬁ%9rlal on
pha‘sénacbm@eascojml ke &ﬁﬁgl:\mlfutcibms“rrhleusplﬁ@sed WEoder: A
v ALt 0 h aonmpi ner
?S& %1 @%Oﬁﬁgﬁgt a{:ﬂ{g Sﬁéchnpl |SI(‘3Lter qé’brfa} Volume 10,

Nﬁpl érrernaéIIE?e olpr &ei e/, oh98he Bnealkaidiocmalanpiblicktion is
sikgpal ﬁ%e an@o@’béé}e Otd@{hﬂrﬁ%ant hefcgf CqQUSDE¥h-shifting,

si gnal |itude sj
ha¥moniz ng ang oqger exotlc effects”, L. Laroche and M.

Dolson, proceedings 1999, IEEE workshop on applications of
signal processing to audio and acoustics, New Paltz, New
York, October 17 to 20, 1999, pages 91 to 924,

Figs. 5 to 6 1illustrate different implementations and
applications for a phase vocoder. Fig. 5 illustrates a
filter bank implementation of a phase vocoder, in which an
audio signal is provided at an input 500, and where, at an
output 510, a synthesized audio signal 1is obtained.
Specifically, each channel of the filter bank illustrated
in Fig. 5 <comprises a band pass filter 501 and a
subsequently connected oscillator 502. Output signals of
all oscillators 502 from all channels are combined via a
combiner 503, which is illustrated as an adder. At the
output of the combiner 503, the output signal 510 is
obtained.
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frequency signal are tine signals. The anplitude
signal illustrates a devel opnent of the anplitude

wowdobites2al fi |l ter band over time and the frequePC/EP2009/001707

signal illustrates the devel opnent of the frequency of

a filter output signal over time. As schematic

i npl ementation of a filter 501 is illustrated in Fig.
&achTﬁaMUHxNBOKJiﬁ(ﬁﬁ@léﬁeﬁﬁéﬁeﬂolﬁt@v&&@ p@hakh%|one hand,

I d
B3 ekt B PRt Bnchhepgignal bg ikt ighl CO B2 SIAR  che
ﬁHQQNQMQM fsxgnmhcnyt)theTbandqmp%?ﬁudéersﬁgn?li and the
s .
oo g itnal [ atd ke BThRBIER e MifSedde signal
flrléql@éﬁ@}%salqi@‘éﬂ@péanét of5theTiamplithede woithin a filter

PRNA |847e?att|3§near Snkidecmé C%'re%’&‘é%@y fQE%BQ r?ﬁﬁs@fates the

th [ ti ing wave form The i Nn_eac
F‘&S’&% Ff)k‘%é’ f§ 1?%%‘%%%’.%ff%dfirla‘ﬁ%raopéwuﬁagsgnal over

ftiibeer 553. The nultiplication operation itself is

al so known as a sinple ring nodulation. Miltiplying

any signal by a sine (or cosine) wave of constant

F@equéwmwﬂﬁﬁ;imﬁﬂ@mé@tatbbnsbﬁubtéminﬁﬁySthisimglustrated
éaLlnl Fike fg eWCYnEQHEHBeQE nkf ”%e IQ.'{ cpa:lnég)g@ao ?%rallel
both plus and m nus t uency e sine wav

PRIEESr edtl 1SS nmrpatsfs%oswﬁ%hghs aﬁuh‘pppbpedaba Bowlgn wave
pass faht esrmplqrﬂudé hef ow, br esnenay Eeéaheﬂcéﬂ ldqual to the
no

RERER B oo P o hetar R g oRe. dinformve [l baghrated at

éﬁlthelmmnﬂﬂarathek pRahs, UUKESBﬂ@@adnelBathltlplled. by a
ESE?B@dy@%%éMtJEa-éﬁ%e Lane, Wiihg +L othes p@ﬁ%%Pgncy as

Uses a cosi ne wave e resul ting heterodyned si
ihlppErakedpaihs 8P -ouThys,phibe bywg0. pFhaldpper phols are

passthichliierep&sptt hegef th% 9h9¥bde§faﬁ+@dh@tl%1§1%§4g wave
the lower filter rovi des an_ in-pha

54
23Emal Teflesd N WALH HATE; BRBCRSSHS tally hbROLELplication
and £2di gmetics, aar koworpmssledfiilter a553. The multiplication

operation itself is also known as a simple ring modulation.
Multiplying any signal by a sine (or cosine) wave of
constant frequency has the effect of simultaneously
shifting all the frequency components in the original
signal by both plus and minus the frequency of the sine
wave. If this result is now passed through an appropriate
low pass filter, only the 1low frequency portion will
remain. This sequence of operations is also known as
heterodyning. This heterodyning is performed in each of the
two parallel paths, but since one path heterodynes with a
sine wave, while the other path uses a cosine wave, the
resulting heterodyned signals in the two paths are out of
phase by 90°. The upper low pass filter 553, therefore,
provides a quadrate signal 554 and the lower filter 553
provides an in-phase signal. These two signals, which are
also known as I and Q signals, are forwarded into a
coordinate transformer 556, which generates a
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coordi nate transfornmer 556, which generates
amagni t ude/ phase representation fromthe rectangul ar

w0 egasent ati on . The anplitude signal is outpeCT/aP208%001707

and corresponds to A(t) fromFig. 5 . The phase signa

is input into a phase unw apper 558. At the output of

el ement 558 there does not exist a phase val ue between

Onaegrdl 3681 Aptase phasepvasertavhonh | ficomaseshien arectangular

[ Vot ilH S "unw apped” phase value is input into
g ghaézl fgﬁﬁg%by converter 559 which may, for

exanpl e, be inplenented as a phase-differencedevice

VHeC hapiDl £886 S 53 gphase; b catpleced Ngshi M d NSEAPLsponds to
fro ﬁpase at a current time instant_in order to
éy YR Fr8quencythal BBaFSr inakr#endnpufe into a phase

ifmﬁperﬂﬂ?frfﬂyeﬁféyo\ﬁ@b?jtl [e5 @lﬁﬁ%ﬁﬂﬁ sj;ls@%ﬁéa@g does not
s ency ue i of the filter gl .i ., in order
& g%T &l np])a{lg?? mSTANSi K T e@c?néasgg at4n duphage value,
wh0.chiThenéregaeacyivahuel @tedhe waiyt.puTh560 “hasvmd)Xed” phase
[tjon: : i ng [ ' i kno .
R ¢ ZAe8 O T TR E R/ ERpaUahE, | DT 885 wnicn
Megquehiey cﬁxatfﬁéy%n' ges mp_ﬂ—ﬁ@eflltbtiera%h@nnehadevdétfésrence—
deoMdh & IGRIH esubht £AHEHCY bhasthut 4 NerHNASEYOLPHE instant
illystrated in Fﬁé% 5 and F|g. 6 ErQV|des a .
TESH RS Gt LA i Rt REHARPLE| AEdeT to obtain the
ifreauemtidyova Iiee Kpedthalcurnfatitratime isseanpri sed in
the location of the specific filter bank channel at

frequency fi, and the time information is in the
Thdgudreguengs valium hdedded heo nagpdnsitenbvErequeercy value

Anotdyer tdescei ptd Oncabnhle pPhasg vogpder !t%tgﬁgain a time-
Fourier transforminterpretation. It consists of a

YALYEDGi S UGSt VIt R AR | HERYEN2EOr ns t aken

over finite-duration windows in tine. In the Fourier

n rm.i r tion, ,attention is.focused the. .
&ﬁégnﬁraeéﬁ}ee{}nrgfpﬁ%gégvgﬁuggef A e OF%Ph aFi 1% els pportion f;
andt ep bghénadnd r eeprdricyn bi nehiatht hbs also  known as the

“frequency fluctuation”, by which a current frequency of
the signal in the filter channel deviates from the center
frequency f;.

Thus, the phase vocoder as illustrated in Fig. 5 and Fig. 6
provides a separation of spectral information and time
information. The spectral information is comprised in the
location of the specific filter bank channel at frequency
fi, and the time information is in the frequency
fluctuation and in the magnitude over time.

Another description of the phase vocoder is the Fourier
transform interpretation. It consists of a succession of
overlapping Fourier transforms taken over finite-duration
windows in time. In the Fourier transform interpretation,
attention is focused on the magnitude and phase values for
all of the different filter bands or frequency bins at the
single point in time. While in the filter bank
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single point intime. Wile in the filter

banki nterpretation, the re-synthesis can be seen as a
webasaiiexanpl e of additive synthesis wth tiP&I/EP2009/001707

varying anplitude and frequency controls for each

oscillator, the synthesis, in the Fourier

i npl ementation, is acconplished by converting back to

fl@ﬂﬂeﬁi'}.féﬁafﬁﬁgjmart’héoﬁr@—%%t@l‘é%rﬂsaﬂ%jrd' Bé ts'é%n as  a classic

suc sive_lnverse Fourier transforps. In the Fourier
At O | BHCLE R e SR LT ) VEER is4ffs YArYHRO amplitude

;ahmisefnmp.mim:y i sohheohsntfer efadh eimn]lcyawrnt s8héNsiR€hesis,
t Si e _equal, spacin

fibquEhey oRSeRLsha TG niaied o Se- Pbdgilished by

gonvier tfingakeskal tbeateak-afidt iagonarer fommsfaordn overlap-

anh'?u% o{:ﬁgr Sl s ik SEF}Q@rQE tEQﬁlrfléhrt eEg gg)s.a?ﬁlgds’ln the

t he, st eepness of the cutoff

E@Pérlrﬁrne]dlfb%/rrf%t%hh% othehaumhaadowr f uiddicen mrmhs in the
iphadppl y6dogekorid o teal chhabé AY dﬂTefEEQG%B%@m pEQﬁté in the

rti.cul ar_characteri st SP%ISJ[ % n? W ndow, )
?ﬁ rﬁegepngggnﬁgofﬂe flélt]t H@rea%%‘éa n dR&Ng  in
freguenioyn ¢H the dindd viodual IfI:ilétWIrBdCtMnlbel Sratsefnlzed as
ttﬁ Seﬁrﬁ@?x&] ﬁ@glt \f’%aqlu J erfpt thPt eErchiet a} ! g@%ngffotrgle On the
ase voOCo analysis a
Pﬁfbleéfrrérﬁfﬁirl o’ﬁh©f Shhéeb@rfk fd‘te bﬁnl;ltgassafssl ttergds, Thie.e., the

SReePhled Ry V’@Hé:hcﬁbngUEEUEﬁeofaatn@e &:{éé UL @é@ermlned by

gpreised as_ti rre var l'i tudes and frequencie

D& Fhgorhn ﬁ’rﬂl gHﬁﬁFéPPor‘f@lchhelsoa%ﬁPEleg%l prior to
Oﬁlthdalﬁha@e N@Oﬂﬁinsﬁoflﬁ sfeaar at q)atr.&lmﬂl_l_h ¥dr characteristic
ifrmatofrrr tra nf orpptio eoertl .
sspragt égyé |£ 9 Vi g‘é ik %I g’nafqgl nt oq; SChther the filter
§p§@tfrfallrbalmts8%mdino dhegctct properthent ite- ‘zheylchg:ation of
$h8n@linddweach band. Two basic operations are
particularly significant. These operations are tine
scaling and pitch transposition. It is always possible
re dlsowsdEfml ad esos deHasouhe &M@'dﬁﬁéﬁrﬁd’dﬂtéipretatlons

8§Ck tahe a | %ase ngi:gd{a%t €. an-lga Iy851|sS anal ‘190“5 to the

1mplementat10n of the bank of band pass fllters. The

operation by which the outputs of these filter are
expressed as time-varying amplitudes and frequencies is the
same for both implementations. The basic goal of the phase
vocoder is to separate temporal information from spectral
information. The operative strategy is to divide the signal
into a number of spectral bands and to characterize the

time-varying signal in each band.

Two basic operations are particularly significant. These
operations are time scaling and pitch transposition. It is
always possible to slow down a recorded sound simply by
playing it back at a lower sample rate. This is analogous
to playing a tape recording at a lower playback speed. But,
this kind of simplistic time expansion simultaneously
lowers the pitch by the same factor as the time expansion.

Slowing down the temporal evolution of a sound without
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to playing a tape recording at a [ ower playback speed.
But, this kind of sinplistic tinme expansion

wgemalitaneously lowers the pitch by the sane fRCT/BP208%001707

the ti me expansion. Sl ow ng down the tenporal

evolution of a sound withoutaltering its pitch

requires an explicit separation of tenporal and

splamrialg i nftos nggitorh  Asequot sk absmle,eﬂﬁ]l.lsclts separatlon of

géﬁgéﬁﬁf ¥hat s Fggtggﬂsﬁﬂg%¥%§¥iéﬁ; gﬁﬂ above, this is

out me-var
m@ﬁml,/y syl Shey( PblaaﬂdVb(:pyietrann:gmpﬁa dt@eslmotStretchlng

Qﬂﬁﬂgﬁhéh%lﬁkﬁW£¥y¥hdﬁaﬁpflﬁﬁgévb%ﬁmﬁfgﬁﬁéﬁ§§OE§ L1s A(t)

al | gut it does slow down the tenpora

bsitPe Efind>aTHOSSe 1Pt FBapgei ﬁéleex%mmemcy of the

soumbwadu t bScQ!Lugltﬁiﬂs Rt CBllTh%u"_tOU{t eaotefsafb?af&s MHown the
\éewoftlrre cali that, i.n orde

TR T B AR o F e Rn b Sarndi phg Besult is a
ertdm apantd th;aththhearmti)@iISaPFﬁitoﬁs aThe Fourier

rt%%LﬂLstfor%pe‘c}EE@l Shangegs ogﬁgil &S g\M y'%l}ﬁ th?n order to

synt hesi zed sound than In gi naI
dgPE-@aad angiound, phhse linyerssc AR byarpren;mlskyybe spaced

E@Qﬁﬁ@ﬁfJﬁgﬂﬂﬁtﬂbhVf%éhaﬁQPY§P§nﬁFT§ bﬁéngcﬁesult spectral

time- expanded. The ot app ication is pit

FPRRGSSSiATIE BPFR eSLRWIYhASe thsc sugrthemi #rd usedndothan in
¢h&ng>&ﬂdmdlempor'a{1§vabplli©@tﬂénﬁ §0dnghvi %HQHE is rescaled

t%%:%é]&ééfyplthgh %ar&es ofhg’ plqu.blh S?’hSutsound is being

reverse thah
éﬁﬁ‘ﬁgleﬁ@atrﬁ’@djurau on. This is either done by
ti mescal e using the desired pitch-change factor and
en to Iay the resulting sounds back at the wong
ggﬁpl%t PR e AP irafohP sdpl Bibgha eansresittenr d&idice the

phaysba@bcﬂiddm(‘dﬁmglsd Gaka. thorcrexy®|the t@erﬁﬁb§§lt Beolutlon
Eftch Qg oct hxﬁ sound | first tinme-expanded
or odt

y a fac THRYTIE- é Fafiwilti s1EhShmle jjlso be
REsSswpPde t he oqlcp gltl’r&‘! s&rvplr@er,ate eThe t/@cadmrnqe)r the pitch

LYORERt kniag iy VWeenga% eyTﬁissal %éi( done by time-

operat ed synt'hesi zer device genera
scale using the desired pitch-change factor and then to

play the resulting sounds back at the wrong sample rate or
to down-sample by a desired factor and playback at
unchanged rate. For example, to raise the pitch by an
octave, the sound is first time-expanded by a factor of 2
and the time-expansion is then played at twice the original
sample rate.

The vocoder (or ‘VODER’) was invented by Dudley as a
manually operated synthesizer device for generating human
speech [2]. Some considerable time later the principle of
its operation was extended towards the so-called phase
vocoder [3][4]. The phase vocoder operates on overlapping
short time DFT spectra and hence on a set of sub band
filters with fixed center frequencies. The vocoder has
found wide acceptance as an underlying principle for
manipulating audio files. For instance, audio effects like
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speech [2] . Sone considerable tinme later the
principle of its operation was extended towards the

waeeogalized phase vocoder [3] [4]. The phase voRCGHEP2009/001707

oper ates- on overl appi ng short tinme DFT spectra and
hence on a set of sub band filters with fixed center
frequenci es. The vocoder has found w de acceptance as

afimgrgerkyichd npr i ncigd e fpitﬁﬂni pttlratisie saud o féf@s easily
ud 0 effects igglne stretc

' hi
a8§8@5ﬁ%§§ §03|¥g &r e VRSSE Fy atSdnpl PERES b§h§%VO08de}°t of
nepifisatdenshemd dnpotovemardl ficdth bmstachinology have been

E%&Q}ﬁgﬁmss%ﬁci?kéaﬁﬁ hneﬂuegyccfj}@%ln p;ﬁim%qn fixed

pecifically e constr |nts of requen
AraRysPsYfi lanakysies dfdppedsby wakdi ngrgppaﬁdamnt adding a

FuaaHRBaY afl f@réqlﬁ@:ﬁé ed wBppi ey fwed efﬁapgll% g, N £d¥ example
vocoder il t he preval ent Use case

Hm o \F3RBS e HOEBH Ry i locoStings ABE héw eredent use
ohskentremashetiortot be apdicrprehissy M cosgBingy has

been the deconposition of speech signals into

nodul at ed conponents. Each conponent consists of a

Bapther, azraawpl iindder esdddian itdre (AMi@mriracesstpencymmunity

ARdUbaEhOoRhEeFMe o Aft 13T 5 Whee dh %mlédwﬁvxﬁodulated

way of such deconposition was published &
§9’§5@§?PH§ th@aﬁ'r@e Gompa@n tof Cé?rgsrﬂa‘-ftsadabgl V@ bepdrier, an

prpsitubkendddlndi@dn anarppEeRCchs t Babqubhkiz %d%i\zﬂatlon (FM)
informati on in conbi atl%a mnthE%hAS|gu§glds plu £ h
Raf e'°5;r§ﬁ§W?|c Rbber was t egee 6Yﬁerway oL suc
decomposﬁtﬁon wetsh giivlaissfprib| € siiedinn [[79] susjgesttiey the use
p-galdad 4 osgg ﬁQTV%&%B%% @rﬁanap ngf@£§sha%% [8] an

een deco into four usi ng pass
#ppPreashi f él“’—dé‘ﬂ:ltlé@éb%l}é\ﬁq%maééétqracltntCF@Fl?lméMih%@I with a

FMipoBbeds. Pppek reeesk’ pugérgﬁétemé a&@@eal rrwa& presented.
audi 9. signals from AM i

BEREREh HPERREPsarahY B bl Hu A ot hoisusing the

éorcak¢edeﬂf¢¢ﬁ?thstaBSegyata@qdunﬂpeéﬁmrBngnamaMhaﬁe been
Béégﬂﬁ%Egat B.tho@toﬁ'rn%atnf&% EM [rggo]%anoo‘gasaypff)f‘t.cgrs in order

prese herern’is targeting a
to subsequently extract their AM and FM content. Most

recent publications also aim at reproducing audio signals
from AM information (sub band envelopes) alone and suggest
iterative methods for recovery of the associated phase
information which predominantly contains the FM [10].

Our approach presented herein 1is targeting at the
processing of general audio signals hence also including
music. It is similar to a phase vocoder but modified in
order to perform a signal dependent perceptually motivated
sub band decomposition into a set of sub band carrier
frequencies with associated AM and FM signals each. We like
to point out that this decomposition 1is perceptually
meaningful and that its elements are interpretable in a
straight forward way, so that all kinds of modulation
processing on the components of the decomposition become

feasible.
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processi ng of general audio signals hence also
including nusic. It is simlar to a phase vocoder but

wor@ofiiedl i n order to performa signal dependePCT/EP2009/001707

perceptual |y noti vated sub band deconposition into a

set of sub band carrier frequencies with associ ated AM

and FM signals each. W like to point out that this

deconposition is perceptual ly nmeaningful and that its

| ements. are interpretable in a, straight forward way,

§8tlﬁﬁh¥ﬁwekiﬂ%§ oPORSduISHATHE prafee¥ei ngWsn wifdy = on  the

cbspaventionof thae dpewrppsiutildy bedadvafreasighe1to exist. A
[ 0 e ov re n the , ,

%%Eef?é%te?‘%%ﬁhzéaﬁéﬁe%?ﬁ% ol | e ndrest sionel  is

perceptaatllly née}bwriemre seotald band apassnesgndbli sarrier at

pesceptadd +y1 Welde egent Si i Ler :
Ceqt et €3¢ dapa‘bi/t‘@’, ((%;9 os?%ta{éh apd its

at its spectral 'center of gravit ' ron an

At dbptbereneedePope. Thir siss Footed iim t hbef afact hathat both
bayhasisgnapbp ragpm@tie 8l elay Aok Hde Sane MYSERMt Of of  the
ége%ga5|lar genbrane I.n HQF human e&gl[kﬂ. A siqnple

LRAPEE FPSTPIROSE A&t &Nehinimal 988 thickkorfe SHmRtexerayple to
wlibstregeencilessf iisandthesuftwcteonety cdagsld:o eqah with
thatet perc L e J\nto one (over-

e G orona "5 or DEar CLAnET &t iHo oy B0 SRR Jener so
Shatisotday dercertealbyf rfarendyptequahet o(oier-) modulated
&pRApbhahtCOG of st and having the sane absol ute

anplitude envel ope as st is smaccording to (2) In

Fig. 9b (top and mddle plot) the tine signal and the

Hubert envel ope of sifotkin@rmedid2aie dedildt ed. Note the

phase junp of p in the first signal at zeros of the

envel ope as opposed to the second signal. Fig. 9a
Bi spPByd cRasjendngspcta asinensidylpbersiefr e & wirequency
84652! St! AnANGIUAL £ PIRA ol ISJOUBAA! NESEsRLONBKS  same
a%e ion5|der_blﬁ different in their spectral content
PREP+UPF eABRT haRECpERPYEPORE 3Suds 1St Be according to (2)

S (t)=25in(27rf'—;£’-t)- (2)

cos[an%lt)

In Fig. 9b (top and middle plot) the time signal and the
Hilbert envelope of both signals are depicted. Note the
phase jump of =z in the first signal at zeros of the
envelope as opposed to the second signal. Fig. 9a displays
the power spectral density plots of the two signals (top
and middle plot).

Although these signals are considerably different in their
spectral content their predominant perceptual cues - the
‘mean’ frequency represented by the COG, and the amplitude
envelope - are similar. This makes them perceptually mutual
substitutes with respect to a band-limited spectral region
centered at the COG as depicted in Fig. 9a and Fig. 9%b
(bottom plots). The same principle still holds true
approximately for more complicated signals.
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"mean’ frequency represented by the COG and the
anplitude envelope - are simlar. This nmakes them

weerap2unl | y nmutual substitutes with respect PGI/EP2009/001707

band-limted spectral regidh centered at the COG as
depicted in Fig. 9a and Fig. 9b (bottomplots) . The
sane principle still holds true approxi mately for nore
conplicated signal s. General |y, nodul ation

nt ens_th wi de- bhan
S|gﬁxﬁﬂ§ﬁ§g aH§§P§8§¥§%npd%e%?ésg§? 9§gﬁﬁ§}§lrmfy5tems that
@ﬂqqmmosaﬂﬁﬂWldmebﬂndusagheh an¢0fGequsnogfnodmpanenns each
daﬂﬂﬂﬁgﬂﬁghs ta]ﬁﬁﬂy gﬁ@?gg?g§bﬂce Hn frequency

gener al sk 1's an_ i pose

Lagdiany iRt Feiynh @Maeméﬁved§ﬁ£9Qﬁ @%nﬁreadom since,

a;lﬂld@@m r e e epiesy | :Vll%@g@dnﬁrgﬁﬁ&‘nw faethods that
I S o.resu

t hej.r i fi hases. for synt he
gmlffé{ctsg %ﬁqﬁfé“"‘{) HESHs SR QR B0 ohotopalex: pudipofpectra
hndtheuhsmﬁuenﬂmy\umedﬁmbimesommﬁn iweth tbeebhdmaGnmodified

Furt her.or V] ng._F .E., Vver
Bls R TIPS AL N Y OB TR ke, YERYe thooe
PEOGedures cdmcopterndy atteptionhda i tiper édolalt imereiver of

PRet R @INeEr Rand ¢tHaigH sighal s woul d not require
a high frequency resolution, but would require a high

time resolution, since, at a certain tinme instant the

tmm@hreamrsa gnalp'pl@)ihicjm tregtyr orl@nr@Jt msqor Aekat i oaery long
his also k as hg verti %? erence". 1

Wﬁp owgrnfﬂolda%”:o§§ i g?ﬁgs A tithE s §89P8§F3h1ﬁ?5? ution

whecenn¢mﬂhyInﬁduuﬁﬂzﬂhanmxmettms¢lmmuamr|®b|Ehesother hand

peee sard twher %délé*“%éﬁ%&'cﬁétaxf uib€ féequgﬁy frequency

vari able is used. Processing tranS| nt signal s
%sﬁylwﬁgﬁnﬁreeaénCVOPéeolaeﬂeﬁnﬁ | B, Fh@hefb%@e réggpiutlon,

sinael,ovati e cegehlihi opimehiihstAit t BReSaPENd | PRss signals

FBRAPaRe A o RBL LIRS Tt AT LOR £ Addithdmown s

the. “vehelhadamahmrencaﬂn Ionsidertesrminsleoyy a2 omeleimagines
ghetlmeb'gpfeaée%iﬁa] pHbECLASSY ah APALY Rt 1 TR AYs, the
time variable is used and where in the vertical axis, the
frequency variable is used. Processing transient signals
with a very high frequency resolution will, therefore,
result in a low time resolution, which, at the same time
means an almost complete loss of the vertical coherence.
Again, the ultimate receiver of the sound, i.e., the human

ear is not considered in such a model.

The publication [22] discloses an analysis methodology for
extracting accurate sinusoidal parameters from audio
signals. The method combines modified vocoder parameter
estimation with currently used peak detection algorithms in
sinusoidal modeling. The system processes input frame by
frame, searches for peaks like a sinusoidal analysis model
but also dynamically selects vocoder channels through which
smeared peaks 1in the FFT domain are processed. This way,
frequency trajectories of sinusoids of changing frequency
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extracting accurate sinusoidal paraneters from audio
signals. The nethod conbi nes nodified vocoder

w@aroareer estinmation with currently used peakPCT/EP2009/001707

detection algorithns in simnusoidal nodeling. The
system processes input frame by franme, searches for
peaks |i ke a sinusoidal analysis nodel but also
e ald y SelRet apcodder sehanadles ¢ hig %ﬁ%@%d
sneared peaks iin the "FFT donmi n are processe

WRPCH TR UBAES 1 PP ajSd&or iR %Y andudsildevss EhahBengagnitude

fHEmu&ﬁédeémﬂiﬁiédaanﬁ&yﬂ%hkwigbﬂhﬁhbn, the spectrum is

BT CEe" K58 oo BRE dendnfReast naadpdgeh the
|pﬂﬁxﬂnwm andenﬁgaﬁIWﬂnfseQEEnty e ionrtssi d€ &m@ peak are

@%ﬁ&fHednt?ﬁgﬁt %W@kﬁﬁgbéﬁ@ PPShLEY ma%%'g%#glgs?ﬁgrum is

frequency versions eak are retainéd
Latiethsariim srbepAYenpdyy r el JEET cof atlke andginal and

SeseguERbLy, thihd ffned tpecerhginad @B@chﬁ%t@@befé obtain

f | cul ated t t t
S50 T GRATBL s KM e oBHoGE. G pHIRe @REh Wachhase with
GHGH‘ofﬁuréﬂxhéﬂsugm&ﬂms&ﬁet@s@@ttbh@iﬂnﬂhytaﬁaiyﬁm@|51gnal
S S_can
U580 L1V ORUET ALYl 4 SPUELUSC €27 U5 e gcectee

tected
é%@lﬁk&ifh&ﬁﬁﬁih?rmmﬁ#ledxﬁﬁrnop@¢0@ptuallcbetexcéuded from
sWeh md3ead varyi ng band w dth of the human ear over the
spectrum i.e., such as small band wdth in the | ower
part of the spectrum and hi gher band width in the

Bppdhn,pafdr afp el SPECt & Hih as@cAOhsaGC At eithd Band width of
ni fi.cant feature of the hupgan ear

rthermre. a si
%ﬁ I%%ma%h%%ﬁs & rl&*hoﬁﬁ§§FEﬁPMnfheFrgs %ﬁ)%ﬁ@fl band
gedtthe humgheealowenbpres sthusbedadpaamesn wahhi rhigher band
QQ@@HMerEﬁQrEEEQQn$é¥ltéEtP elng%g%?h b%T%y“&Qhaegounted

human ear so that uman oes not
§P§b| EUESRESTIRAA aswﬁlﬁareﬁu’%?@umf@fer‘éh@ehbmn ear is

paaeel \eess @mgchgaedha\ﬂ NGond@t YbAYwakBl igiugde, ouwher® and 9c
%FS uenc his tone is posjtioned between the
qte

Pef %ﬂ%iﬂ%ﬁﬂu§ L tones within a band width
corresponding to the critical band width of the human ear

In a

so that a human being does not hear two stable tones having
a small frequency difference but perceives one tone having
a varying amplitude, where the frequency of this tone is
positioned between the frequencies of the original tones.
This effect increases more and more when the critical band
width of the human ear increases.

Furthermore, the positioning of the critical bands in the
spectrum is not constant, but is signal-dependent. It has
been found out by psychoacoustics that the human ear
dynamically selects the center frequencies of the critical
bands depending on the spectrum. When, for example, the
human ear perceives a loud tone, then a critical band is
centered around this loud tone. When, later, a loud tone is
perceived at a different frequency, then the human ear
positions a critical band around this different frequency
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This effect increases nore and nore when the critical
band width of the human ear increases. Furthernore,

wo b@9poRit i oni ng of the critical bands in the BQOEEPI00001707

is not constant, but is sidfhal-dependent. It has been

found out by psychoacoustics that the human ear

dynam cally selects the center frequencies of the

6o tilat basdshuepengengeptiche speconly MWesighal-adaptive

%&%@plglméheb e S35 HY C%H&%%r% lRgglﬁgnt%nép%&heﬁpectral

critical and Is centered around this Iou
F§§@ﬁu9tinth§ﬁ§|%P%ef€§HV§QQﬂ rextiféerentd having a low

spegwenay, rébBenuthenhumre ear AQH th9AS a |
bgﬁ aro d thlg dn{1 er ent freqSJZl'ncyso thaltqﬂt}t Eﬂ the upper

Bérée enost SHY® s signal - adaptive over time but

al so has filters having a high spectral resolution in

w, fre p rt| and having. a | ow spectral
reso]l%t F%% %H;ecé/t % andpregteﬁlt rf‘ﬁ%n%‘b‘g tarRTQfide an
gm§r95@§tpmmcqgt|ﬁpntpﬁxﬁmekﬁrnilm@eamraadmb signal and for
bP¥eRLisGR Gt 03 PHAVLAR t&F 11 JGY OJ\rlgg %Qgﬁwhggf by nréloglflcatlon

paraneterizi ng an au |o si gna proces

Bar S¥BtBesisd representation by nodification or

synthe3|s This object is achieved by an apparatus for
[ i n_accordance with claim1l

Qggger anlgudl .SI%
: of * T oRVEFEV g &Y i 8PRRYALMSI f Ofc oRRMRERing an
apdh0c|algnal am appeoadascéorwimdi fgliaignal, a method of

935@&?&?5?03% %ﬂﬁi é&?ﬁé?nlhnaéggg g%%%ed%gﬁ]é%alm 14, an

araneterize
?EE?E%EHFatﬁQﬁn mﬂdaéy@ﬂaamepwame‘ceameqig regresentation in

aeaafawaefomsatm hesk zihng 18  parameherf38d o
resgntat n in accordance mnth claim 20, oa m??%fylng a

8? WRERELFSPnd SPIRFUNA et P2 edDr SFIRREIARET oNish aaim 19,

awdi 0 apparatius accbodancesyhthesising26, a parameterized

P@ﬁ?@?&ﬁEéE?Q?hgﬂ{e%%%gf ar&forng té#PID s?gnal Irr1nethod of

accordance W Oof a co g
arebheahedngi td dadaneSerinted prrepemsdmaioon dfs an audio

aggsl1onihhe dddidihddatyife  claim 26, a parameterized

representation for an audio signal in accordance with claim
27 or a computer program in accordance with claim 28.

The present invention is based on the finding that the
variable band width of the «critical bands can be
advantageously utilized for different purposes. One purpose
is to improve efficiency by utilizing the low resolution of
the human ear. In this context, the present invention seeks
to not calculate the data where the data is not required in
order to enhance efficiency.

The second advantage, however, is that, in the region,
where a high resolution is required, the necessary data is
calculated in order to enhance the quality of a
parameterized and, again, re-synthesized signal.
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vari abl e band wdth of the critical bands can be
advant ageously utilized for different purposes. One

weerpaselis to i nprove efficiency by utilizi ngP€HEP2009%001707

resol ution of the human eadl In this context, the

present invention seeks to not calculate the data

where the data is not required in order to enhance

®hei madncpdvaing agegorvwadiant age, imovevefact s that, this type
[ e i is,r

necessgbgada?§a§§ é%#g{eﬁ%ég%ﬁ er ?oq@% éﬁ%e %ﬁé signal

gaalipuyasfioa pav-amet@ri Adorairght agdiorwarnsl,syntibésiizéde  and

?EQEéFtTQ‘il@H' HBd g\s@at agsgecgwe er, gb$ Ialkagtiectaddressmg

hi's tﬁpe 0 nal np Sition provi
RARBPELAES dildRalr NAAsat iRt G £%%rai ght f orwar d,
intuitive and perceptual |y adapted way, e.g. for

ir tly addressi.n roperties |ike rou hn ss, pitch, i
BoLEhss enls ena bl SRR LR a e ShePppdio signal
asdi pexifgnraled s gred f orbesiedndpnbasée omdd&yﬁmalysésults, a

a u ' f ilte stlnated
FRUbL 2 B UBEhLbY 81 BONARE o ELl NS £ f U oigna-
Edﬁﬁwi@f?hsn@ﬁlﬂel‘re ba¥epabEi¢alivrs &he n@tarmqum, of the

QthB§Q§n§1QQeEEe SRR fdspuenty, ABut Nge P83Sthe center
filter. Therefore, the present i nvention allows

§5?9Pﬁ§cﬁaﬁﬁﬁa§§ehqﬁQﬁ 352qdddlrds aherafarer othg ypresent
m"?hﬁ@Ohar@mﬁs f vhrgi nbarnshwdbdss - smtéat ,frfera;rueeftclibs and,

t t b d d

AL E TP BN Yna e g RS esr B Pt BgBtherdefitn 3o that,
ﬁqrreachcenteeptme4den@prnﬂﬂUﬂbaﬂQpaﬁarangnqd;samhamplitude
ﬁ@h yh@%@ﬁ bgﬁgpags f?@gﬁéné eqHS?ﬁYﬁ@58n0b£abQ€ﬁer with a

era frequency va ue 0 e cent er
FPE&@@ﬁcyCﬁ@@@ﬂxnﬁf?%ﬁﬁ%%%ntswbhéhceﬁP@WQ%i%ﬁﬁﬁAXy is the

ceen1atetine Baﬁﬁg}iswthténtéks bﬁﬁsquenagz?erat:@ mogetained.
ear aflre

baF Rt aPIY” chhte s Bl T HTUE BEntREs S talortdavency in

aobandcespaeskentseltdet erértt@rbe:ﬁ)rgraa\&mu fCQGYL o the energy
&E@h?ﬂthigu%§H33fﬁﬂgfﬁefr€8uﬁ88¥lth@ human ear as far as
possible. Thus, a frequency value of a center frequency of
a bandpass filter is not necessarily selected to be on a
specific tone in the band, but the center frequency of a
bandpass filter may easily lie on a frequency value, where
a peak did not exist in the FFT spectrum.

The frequency modulation information is obtained by down
mixing the band pass signal with the determined center
frequendy. Thus, although the center frequency has been
determined with a low time resolution due to the FFT-based
(spectral-based) determination, the instantaneous time
information is saved in the frequency modulation. However,
the separation of the long-time variation into the carrier
frequency and the short-time variation into the frequency
modulation information together with the amplitude
modulation allows the vocoder-like parameterized

representation in a perceptually correct sense.



10

15

20

25

30

35

bandpass filter may easily lie on a frequency val ue,
where a peak did not exist in the FFT spectrum The

wo e@guenzey nodul ati on information is obtai ned PYT/@P2N9/001707

m xi ng the band pass signall2with the determ ned center
frequency. Thus, although the center frequency has
been determned with a low tine resolution due to the
FFT-based (spectral -based) determination, the

THjant f tiQn s sa ed|

}reqﬂgngggg&%‘%a onqnlg'rlgv\mgvé’?] tRe saelvﬁié}taalqeoor}’%f ippethat the
lesmglittiian vasi eﬂatdrsﬁmd) thaetcarhé eextreqgtuedcyimfeirtdieion is
588¥3e§ﬁd31Bﬁ”h@éh?ﬂgfﬂ&o Hﬂg Iﬁ@ PEYa )P uﬁﬂt'onsense that

i'nformationtogether wth udenD atio
AABUL e \Ib@ﬁféﬁ%mkeamlhﬂ%t @m Eb@l megudsbapat information

ish o JEr cp@buabby C}Qéf@ébtﬁﬁﬂiz ;rhst%ﬁoo%gﬁdﬁel%zﬁrﬁs avoiding
e

VR getyantaoets L gt UG conaiLian s T e

peudud;ama:ld yeapasargfatiemditseef pretable in a sense
t hat nodul ati on processing applied on the nodul ati on

i nformati on shoul d produce perceptually snmooth results
&voi et hgT urdesinteyear of f 4dtes pnesedtcevmnttiven is that the

|e|xmrta@t|e‘?ﬁscé’fr§.@§ MR 3t O b eQﬁ.Sﬁ@ntaﬁtfé]JH thhaS for a

ot her advantage of the present invention I's
Fﬁ@réﬁ'ra LG cé’%lrc@lptﬂﬁlolrifmtpéﬁaﬁﬁﬁﬁe Akadyenresaptative

P&keacmdar&&cdhﬂtﬁﬁﬁt&ﬁﬁuabfy Dh@aséﬁhﬁﬁ“131gnal and any

ti ch" reco ruct.i
S |%nal%%% §p %gpve ppt1 cabflo gblzﬁﬁ.kaformatlon
ISélloaltléld xrenﬂ‘mermtha;a gteqguieds grefd trieont htewaepsefelrlﬂatd@tmll and

EQuRsts ehldy, deiaidh d &Y, Yi ge §cé DAt 21 10ws
ows %)La ?{BS:C&? ? %

the_i nventiveé concept
Fowls 23 4Pt hifer f—éPV‘l y 6AvYt BEaldist chayer relymg on the

Pekem&hWUCtréﬁoﬂ?tﬁGcthﬁneXtﬁﬁﬁﬁ d Qﬂ?i'eéx?@ﬁ%&?@t|08arrler
his alrea er cept pl easan n
AReRepiRiBl, S “AAeR o = fardy " sEaRaRs yal sofeasant,
haVﬂﬁgathegAqu@dlEM!uaxngﬂhddﬁtmdnﬂl(hngherrmﬁai$m@glayers
REGYRECYL R A e8QLUt RN related information in increasing

accuracy/time resolution.

An advantage of the present invention is that it is highly
desirable for the development of new audio effects on the
one hand and as a building block for future efficient audio
compression algorithms on the other hand. While, in the
past, there has always been a distinction between
parametric coding methods and waveform coding, this
distinction can be bridged by the present invention to a
large extent. While waveform coding methods scale easily up
to transparency provided the necessary bit rate 1is
available, parametric coding schemes, such as CELP or ACELP
schemes are subjected to the limitations of the underlying
source models, and even if the bit rate is increased more
and more in these coders, they can not approach
transparency. However, parametric methods usually offer a

wide range of manipulation possibilities, which can be
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future efficient audi o conpBession algorithnms on the
ot her hand. Wile, in the past, there has al ways been
a distinction between paranetric codi ng net hods and
wavef orm codi ng, this distinction can be bridged by
the present invention to a large extent. Wile
wavef or m codi ng net hods scale82a3|

t eER3PAERACHODr i FMRE 1R 198 s&P?XBFFf%gfﬁs1s"hile wave-

" a¥airhalklogingariarestiictdydi hignigeitenes, thaclbess GE_ Ppossible

ACRLECSGOEIES o dnttRirsgirgl torddia | imtations of the
un

yrng source nodel S, and even if the bit rate is
i ncreased nore and nore in these coders, they can not
appeopalesenandipxeeniyn Woldvbridgar Shésr igepneiyhogtmbling a

USHah Qféfénﬁw&ﬁbeeaeen%ommﬁﬂo@uh%

p033|%¥f|t|es whi ch can beexploited for an
applicati'on of audio effects, while wave form codi ng
is strictly limted to the best as possi bl e

f%BBQdHﬁLh Of t {1 Cerffddiimddk sSbENdhe Eb@s@ﬁ@sﬂ%entlon are

e e ) orohembs nbadied FFIVIRRE. s

ewbédhments of the present invention are dlscussed in
the context of the attached drawi ngs, in which: Fig.

I'a is,a schematic reptes [ n d
aﬁlgppé?athﬁcﬁ ﬁﬁéﬁﬁ%g ?o?gé%%%er éﬁl&%aﬁ§ggglgggpalg nt of
Fig. |b is apsepeatatyus repr BeERed: if Sﬁ oY RFRBe in’ 4udio
preferred esdpdirent; Fig. 2a is a flow chart for
illustrating a processing operatlon in the context of

t he FlgH la enbodinent ; Fig. 2bis a flow chart_ for
t

i Figst FBti NSt h@ opé?%\?'f‘%‘hl%r oEERLEFRR YUY at Ofg tﬂ%other
plurality ofrdfEntegassbodiment;

e
Fig. 2a . is a flow chart for illustrating a processing

operation in the «context of the Fig. la
embodiment;

Fig. 2b is a flow chart for illustrating the operation
' process for generating the plurality of band pass
signals in a preferred embodiment;

Fig. 2c¢ illustrates a signal-adaptive spectral
segmentation based on the COG calculation and
perceptual constraints;

Fig. 2d illustrates a flow chart for illustrating the
process performed in the context of the Fig. 1b
embodiment;

Fig. 3a illustrates a schematic representation of an

embodiment of a concept for modifying the
parameterized representation;

SUBSTITUTE SHEET (RULE 26)
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signals in a preferred enbodinent; Fig. 2c illustrates
a signal -adaptive spectral segnentation based on the

w@aBasi2eul ati on and perceptual constraints; FPQI/ERZ09/001707

illustrates a flow chart fa# illustrating the process
performed in the context of the Fig. Ib enbodinent;
Fig. 3aillustrates a schematic representation of an

enbodi ment of a concept for nodifying the

ramgteri z representation.:Fig. 3billustrates a
E&gfgﬁééd éﬁggﬁﬁ e%ﬁat?ﬁ?%ﬁﬁé&ﬂneT??%ﬁT?%fea%iﬁhe concept
Fi g. 3a; Fiidlud¢tndtagstimatiisya 3xhemati c
representation for explaining a deconposition of AM
information into coarse and fine structure
FAGor #&t | oAllmisgrazes | | @st r achsmatdenpr eepiresentation  for

scenari o bagpd aQm it & dkcottp SIOOUATCH AN Inf8Bmation into

illustrates a schenatic representation of the

synt hesi s EBAEERt 2nd Finh SHTURRYLR o phat Bon ad

enbodi ment of the Fig. 4a concept; Fig. 4c illustrates
.repnesentation _of an overl appi ng the processe

P aim tabata et . CorPEBErden GroTTA inapgsed on the

si gnal andFag.over eayoadashemtacedur e for nodul ati on

information synthesis; Fig. 4d illustrates a fl ow

chart of a.Ereferred embodi ment for synthesizing an
Bigi 048 gnal lustrgtesparanscbemasdcr epepseneatipdion of the

Fig. 5 illdgghenabessadonic@ptadrt anal ysis/synthesis

vocoder structure; Fig. 6 illustrates the prior art

filter inplenentation of Fig. 5 ; Fig. 7a illustrates
Aigpedbrogidtuet ratesr iagipnafenrsid embodiment of the Fig. 4a

concept;

Fig. 4c illustrates a representation of an overlapping
the processed time-domain audio signal, bit
stream of the audio signal and an overlap/add

procedure for modulation information synthesis;

Fig. 4d illustrates a flow chart of a preferred
embodiment for synthesizing an audio signal using

a parameterized representation;

Fig. 5 illustrates a prior art analysis/synthesis

vocoder structure;

Fig. 6 illustrates the prior art filter implementation
of Fig. 5;

Fig. 7a illustrates a spectrogram of an original music

item;

Fig. 7b illustrates a spectrogram of the synthesized
carriers only;
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item Fig. 7b illustrates a spectrogram of the
synthesi zed carriers only;Fig. Ic illustrates a

wa@p@otiizgr am of the carriers refined by coar seP@&VERZN9/001707

FM Fig. 7d illustrates a dpectrogramof the carriers
refined by coarse AM and FM and added "grace noi se"

Fig. 7e illustrates a spectrogram of the carriers and
unprocessed_AM and FM after synthesis; Fig.

Fipust/Fat eslAUFbEatesop BPSGBFeEERVeChUBNE aaérrﬁys refined
test; Fig.pQacbhlkustnat gaqarppwer spectral density of

a 2-tone signal, a multi-tone signal and an

appropriately band-limted nulti-tone signal; Fig. 9b
Fﬁbusﬂdate$lauaavetesnaaageenvebopm of ahewatoners refined
signal, a gyl tbakooeasi gna! rAndaAl anéaprgégeéyn013e~;
band- I|n1te ti-tone signal; 9C

illustrates equations for generatlng tmo per ceptual |y

Fign aebanﬂlpagsrgee§e a egyédﬁﬁo@&bnsi@ﬂaIShe RHagriexs and
illustrates an agg for nvg tin% ag audi o
i gnal | 1000PHF8C R p5ratdt BTz E0 PEbrESERt AP Bh° 180,
The apparatus conprises a signal analyzer 102 for
2081Y8I N9 21POCELOROT Lhe Aldha signalatosaBiabRi 8 audio
l'ysis resu 4. The analysrs result IS 1nput int

a band pasguesifHat8Ft106 for estimating information
on a plurality of band pass filters for the audio

i.gnal, _portion based on the signal IS resu
Bide - Sahe FhPOPRATEGR ToB<BIt P (99 oY o 2 2-tone
band- pass fiphets Esnm@uiﬂunmaisrgmﬁblyméladapppv@prlately
manner . Speehhleahiveat A LALOLAB! LoGnd8 on the

plurality o an pass f ﬁters conprises information
on a filter shape. The fllter shape can include a

lragdwodt h of 1asbantdepasswhivkEerandhar eaveensper of a two-tone

frequency Of thf bandtﬁ%§sfﬂgé(¥14§glt£ﬁh an appropriately

band-limited multi-tone signal; and

Fig. 9c illustrates equations for generating two
perceptually - in a band pass sense - equivalent
signals.

Fig. la illustrates an apparatus for converting an audio
signal 100 into a parameterized representation 180. The
apparatus comprises a signal analyzer 102 for analyzing a
portion of the audio signal to obtain an analysis result
104. The analysis result 1is input into a band pass
estimator 106 for estimating information on a plurality of
band pass filters for the audio signal portion based on the
signal analysis result. Thus, the information 108 on the
plurality of band-pass filters is calculated in a signal-

adaptive manner.
Specifically, the information 108 on the plurality of band-

pass filters comprises information on a filter shape. The

filter shape can include a bandwidth of a band-pass filter

SUBSTITUTE SHEET (RULE 26)
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portion of the audio signal, and/or a spectral form of
a magni tude transfer function in a paranetric form or

w@2eonpaianetric form Inportantly, the bandw BECHERI002001707

band-pass filter is not corlétant over the whole

frequency range, but depends on the center frequency

of the band-pass filter. Preferably, the dependency is

godtbat at heerfeewdwk dejuencyeadestho baghepasentfédter for the
ci rea nter c

égg!ﬂrsrgr eoqﬁ5 é?éejrggal% fﬁfg%and &ﬁ&é{-}gf taa aéncggyggslf%%m of a

mppgpéguds &éﬁ@ﬁrﬁ%oﬁl}f}?talqrww pePasplgariy dommec@r a non-

paakRetsyeh raynl.hermss ke Soed ¢, §Het BahdthathardwidtPand-pass
of _.a band-pass filter is al Wagg}e ngndent on the
t

BARERE LS é’&tuaqqf&/sﬁj%‘?‘? of el Oﬁenéﬁe@évew rgnge, but
deptaada $rgnaheadﬁ@tﬂe¢el yrégtensiyned cemné ebafnlde{ﬂia%l’scyfilter.
refe red that t he s% %

%55% é?Pg a spec nréﬂly $° of °8 si g
oflcrhesaadl oo suhgmiierandenparrt | f:m«amdalyc;laﬂalqwés dekgeases to

ESWEE d'c%trf'délut'9Pegﬁeflé§e§pe‘:tﬂx}€ﬁt%5£5d G¥ANSbly, the

avi n ower concentration,_ since suc Ions are

aéﬂéwWﬁéd Oy ®hOANGTRR SEar L hELRR| L SWHSTEeEIRA ndnard fully

éEEB@EuBleQ?e&@Ir&@ECYCO%%leTg%lddW%fg lﬁtfé &f@f&ﬂ(aélci’él?, so that
e co es nodu n_esti or 0

B661 hapigabs Rid coend et af LbECT13 Som Ly fRRgtent on

nhthHndwndﬂM-hotuaadh beewdf @fmeéde byl utlad i hymah ear for a
- pas e t t [ '

R e R A G At T

information on the plurality of band-pass filters 108

@5 Whlils Rendli sgusged [Jr%tf%rrr@?i tTﬁ'@tlﬂMSnts'ﬁéﬁan%‘faaﬂ}h%r 102
of Fi la addition II%h i an outﬁ Htlnter

R¢BLPHMSt (anSRECERA n%gs S FyORG HRPTE1on of the
anﬂﬁ)brratsxgnam thadarrplp&ntiscubdumti oran]a'lJZyséshe the power

.ﬂfgrmapl on on :Eg‘ gb%hty o@dbéﬁﬁi %sil]?%ﬂ ers g? power

concentration, 51nce such regions are determlned by the

r%lo andw1dth

human ear as well when receiving and further processing

sound.

The inventive apparatus additionally comprises a modulation
estimator 110 for estimating an amplitude modulation 112 or
a frequency modulation 114 for each band of the plurality
of band-pass filters for the portion of the audio signal.
To this end, the modulation estimator 110 uses the
information on the plurality of band-pass filters 108 as
will be discussed later on.

The inventive apparatus of Fig. la additionally comprises
an output interface 116 for transmitting, storing or
modifying the information on the amplitude modulation 112,
the information of the frequency modulation 114 or the
information on the plurality of band-pass filters 108,
which may comprise filter shape information such as the
values of the center frequencies of the band-pass filters
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whi ch may conprise filter shape information such as
the val ues of the center frequencies of the band-pass

wo dovarRior this specific portion/block of theP&r@EPm®09/001707

signal or other information7as di scussed above. The
output is a paraneterized representation 180 as
illustrated in Fig. la. Fig. Id illustrates a

gioef ethed espodi fitot pafrttien folded Jat iodn eatdai neidio 1ignal or

e;sli I I g. n .

ol iR dd® VR, dPertbsEld abBpBiC dn gupput 1
ﬁaﬁ@mt@rltzequme@mum l:%@ra%rllllegtleatqd in Fig. 1la.
estimation” in Fig. I'b. The nodul ation estimtor 110

referaply cqnprises a band-pass filter 110a, which
%ﬂ@w desda E’rjn‘]rdul1 stgades gnal . PRALeLLed nperbpdimeas of the

awvaluyl bitd ain segﬁama@oavelrmr ahdObchd hglglphtagutaﬁéwlzeﬁk 102 of

10b i,s usef for calcul ati AM i nf on. and
FABG, i B st Harh i s i A | HBr b P Thecombined
ragei t adesiofglce uandl,yt wbathI Dmalcald echl Cubatr&érbyfrequency

BbsckaliBe The, gyl ofy ! henanalylgal . shgnal block . 11,

I'sS 1L nput into |p||er rec .
Rrefesabdier Cqulfls%m o§C| Inandrpasgynafiftem arll0a, which

9§©bhhéhorallQ%ndMﬁégb'Ss£§H£i0||Q91Qy tihe agl 1nto an
rr fre of the band pass 110a. Th

SRaLY R apaln e AN Yo TR hUL PR, aTher FUTERY rpihllpbRck 110b
180 . uga@fulnst ot anemiscylstsing s ¢iM f eneforatz@d ot and FM

?h?SKmEkggn'n Q&QFr ééﬁéufgéix Ob%% %@F'ﬁﬂﬁﬁﬁﬁatlon' the

ormati on decorrpo It O
BagRakcydgn®h h*éh«f: assdoitared roduiat i bascedrpdacrds by block

hhbyst rﬁ{@dohﬁgﬁ'tg .of benkn 340 P oLa e gl aSi' gﬂAﬁ)cf(l QWop is

for the extraction of one conponent Is s

OPRBF 8% H0Re MEL L itk al hRd: i KhACh; ﬁ@l%?rlvieéshla(in its other

Thpuext sactdswi lilatwel eiqhdy ﬁabml ad @%kl?ﬂﬁlﬂ:or211410e, which

Pl pck Rasis, usin
gg <%Efznbcmbl |dkngg r egiendy %élr?& o%ff%\%r gHSreY fo of the
b@nﬂespgﬁdmgatomen,mnmm off 340 meltipler output is
&kttdRiAEd in block 110f. The instantaneous phase is

differentiated at block 110g in order to finally obtain the

FM information.

Thus, the decomposition into carrier signals and their
associated modulations components is illustrated in Fig.
1b.

In the picture the signal flow for the extraction of one
component is shown. All other components are obtained in a
similar fashion. The extraction is preferably carried out
on a block-by-block basis using a block size of N = 2 at
48 kHz sampling frequency and % overlap, roughly
corresponding to a time interval of 340 ms and a stride of
85 ms. Note that other block sizes or overlap factors may
also be used. It consists of a signal adaptive band pass
filter that is centered at a local COG [12] in the signal’s
DFT spectrum. The local COG candidates are estimated by
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85 nms. Note that other block sizes or overlap factors
may al so be used. It consists of a signal adaptive

whanwd/1pRss filter that is centered at a | ocal BOGEPHBI/001707

in the signal's DFT spectrutn The | ocal COG candi dates
are estimted bysearching positive-to-negative
transitions in the CogPos function defined in (3) . A

mesarcmtrag:tmlmmmedw-majwurm tlrahstlltdofrisna(t;n the CogPos
t i{Lop oxi mat ui di st ant

Q§hkﬂ§%§gé§1%%§§§ a# §h SBQ£ eT% E%WF %\ cggu;e ensures

ithet) (:tae} f+J{r\al)ﬁ§ﬁ(iklai¢\e¥i) Q@@mnrptsl@oas ar é whpprokimately

%dufﬁfé@aﬁﬂ|oﬁ)§9€89égp9ﬁéi Eegigvery spectra

coefficient index it yields the relative offset

towards the | ocal center of gravity in the spectral
regi on that |sgg@@ Méénooth sliding window w .

The width B(k) of the vdem@w")‘ ol  ows a percept ual

scal e, e.g. the BarK.ncad-an: X(, k4.9 t\he sp tral
coefficient k in time bl'"'mﬁlbngga]tl naIIy b first

order recursive terrpor‘aq %)ﬂﬁdt"’m—rﬁ)g With tinme constant

r is done. Alteshali e LB (v@x@samly val ue
cal cul ating functions Wg)g ?va Ie”vvhl ch can be

e CO
iterative or non- |tera‘f{v‘é) dengmikst t er ati ve function
for exanpl e incl udes sanlagdi ng energy val ues for
di fferent portions of #Fpand and by conparing the

'F%&t” evefy t @%e@i‘i‘atl' Ol FFidtileqit f q[nde?ﬁedd ffigr eRlields the

or.tians. r ongs to

eSS ?gtfﬁetr st?.)‘é‘? é?vEEebégé?aﬁrur?ﬁﬁltl’el%t%egr%lﬂjeti’om the

tslpecs:predl radgicamt théut iencoretrieat Wy equeansythi egl 08indowindow
Sedl Bl @Pﬁgap cHOS; 188, CAY] Yalenge Q_Ec%??uga scale,

[ nt ensi ty wel aver age 1 nst ant aneous
€l-\BAl Ft)h%staéh vE@ lien [){LQE m) The the @mqualoncwmgwent k

anpd thRet reNSELI an bagdwidbiaah yt hear estitdd NG dddt ekecursive

are chosen wt ggard to resol ution of the human ear
(tem&qrﬁ gmoot in with time constant 7 1s done.

Alternative center of gravity value calculating functions
are conceivable, which can be iterative or non-iterative. A
non-iterative function for example includes an adding
energy values for different portions of a band and by
comparing the results of the addition operation for the
different portions.

The local COG corresponds to the ‘mean’ frequency that is
perceived by a human 1listener due to the spectral
contribution in that frequency region. To see this
relationship, note the equivalence of COG and ‘intensity
weighted average 1instantaneous frequency’ (IWAIF) as
derived in [12]. The COG estimation window and the
transition bandwidth of the resulting filter are chosen
with regard to resolution of the human ear (‘critical
bands’). Here, a bandwidth of approx. 0.5 Bark was found
empirically to be a good value for all kinds of test items
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bands'). Here, a bandwi dth of approx. 0.5 Bark was
found enpirically to be a good value for all kinds of

wo e@b/1i2ens( speech, nusic, anbience) . Additi orel/ER2009/001707

this choice.is supported bydthe literature [13] .
Subsequently, the analytic signal is obtained using
the Hubert transform of the band pass filtered signal

bR DAL by ol IRl AdACRRCHASEY Ehis choice i
|na si gn urt her onpos

%%%‘512% ‘I%B léﬁar?{:gr?néggitaneous frequency

(I F) track yiel di ng the desired AM alnd FM si gngl S.

u SS S cen re t .
Iocﬁé%ﬁg tﬁ%ns cgrgﬁl] gg%nd nggg %’gl‘?’&n using the
|Hﬁl4wrce'trg@|safmrgm off atltlead:raann@IaSphaéeltec:eders1gnal and
T RIS B ﬁﬁsgﬁxe égw@lrﬁm@r%oeenrfha 8@l PARI1Y the

pass S|gna first one intrinsica
ISHAL ohe bfyl i A§CPBPRISeshetrtQ lﬁﬁas@n@bhéu@ﬂc@nvelope

Gare has tmbealﬁakﬁéohbatfﬁé@é@@jﬂ timyg S@Ea@ﬁc fyiéfaﬁng the

t.h t trum seam essl|
R e P o L e o b AT obSs | uber B9 Band pass
mﬁgn&isnmﬁmhesednbkI&nnﬂl CoGupdeditiethsheadtgspond to the
efzfe?i{o%saf b9 R3S 5,00 46 gRdi fEed) &Q{?&'ﬁ?ngéal phase

I nvol ves some conpront ses w h respec
yRsPRAed-h Beth hmethodsr Prerarvel Fbe 4epecoept veivelope of a

e bﬁ%s aElbhglsan?hb' NBi rBBVEAO R A6 8681 $SSind  the
iﬁ% tral ;3&/ e. So the carrier frequency estination

gr?aﬂ SRE¥RY tJe‘?c%l%s?@‘ﬁcFﬁﬁﬁ BDFS?OCBE‘et’-’ﬁéce

crucial parts for the percept ual significance of the

MRS t t h stron
?‘Iuencée %ﬁn %e qua‘\?{lqt?/.nz(?;‘%1 F&eu?ee s;i%tlﬁlgs,szeqa %Fgﬁépters on
Aheexanp| dajfd sgolvexscobpensspésrgrgmeamdigssaly sand on the

%@%@i'HhﬁﬂgadgﬁceﬁhgffﬁiéﬂéLﬁ%rﬂbgsd%dyfgﬁﬂﬁég much since
Ig;%L'lcess ﬁ? converting an_audi 0 sign into
zdf

Fret' & Wl edBnt W ESHL B IQQ?sttlr"ﬁ eﬁflfﬁCFﬁg after the
Blynthesd sf | b$t gmeplika@d)bl Q@ﬁ@o(hfena;lgil oT3a| envdI®es some

E%%g?%mig%gr%ltﬁ”%bé%é@ﬁ“?“’ wgﬂéégb&fdth of the filters
that follow a perceptual scale but, at the same time, have
to provide seamless spectral coverage. So the carrier
frequency estimation and signal adaptive filter design turn
out to be the crucial parts for the perceptual significance
of the decomposition components and thus have strong
influence on the quality of the re-synthesized signal. An
example of such a compensative segmentation is shown in

Fig. 2c.

Fig. 2a illustrates a preferred process for converting an
audio signal into a parameterized representation as
illustrated in Fig. 2b. In a first step 120, blocks of
audio samples are formed. To this end, a window function is
preferably used. However, the usage of a window function is
not necessary in any case. Then, in step 121, the spectral
conversion into a high frequency resolution spectrum 121 is
performed. Then, in step 122, the center-of-gravity
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preferably used. However, the usage of a w ndow
function is not necessary in any case. Then, in step

wQa2m9/1142¢1 spectral conversion into a high fregeeng&p2009/001707

resolution spectrum 121 is2perforned. Then, in step

122, the center-of-gravityfunction is cal cul ated

preferabl y using equation (3) . This calculation wl|l
Weingdrifeor nesl ¢alchkatednplredealayler u]ﬁl&garwk;mehtelon (3). This

N
SHIRAHLY PELET P e £E0MnEROTH (e eiar T qiyabyzer 102
2ol d:fheFu @bef%qltl@“th)é gararpansdegeinmtarosiifigd Wihl be the

i #Sswisi bbe oy t (Bhe: £en
;?gvl?t%ls]t‘ unéeil 0?1 [ gcullg{%g %ggredg%)lﬁ gt%el éﬁél%er 102

dndliddt 1S tSpedis iRANT P21 hes HaHumik @ hl Bf k9 £ wagehlas

used in the caI culation for the nom nator nomk, m and

eno K, | n e uatl on
?\requencén gg%ééé% tqh%rhqgg?nde;ek center of gravity
fhacsfione, idet e:ﬁime@udfce \lcaasmsd ofoB armﬂfferentrmbendwldths
@bgfcgrfqlgla}ilyt hetﬁé' Lk%eref%ﬂqc%e%es R &N _lLcheaS| ngin the

requency i ndex re t Pecones gl earc

Eadsulakion o then ROFnahoTuwnead: Madnd the denominator

Wik D oW1 éhhaﬁlb% t{® sipectd éKE?udbéén&§ﬂEer@He frequency
ere i runs from

SRERY S o TR Pse TS THICASE Chmi EALRS A (Ppidneh even

more predewan(ly) ithet lva lnemd e rBn iredkesa seld efcbhaénthﬁcreasmg
I X ,

§anhéﬁge/poﬁﬁe o o X%h%?’?ﬁo?e IgF frgqu ﬁ%om\eiﬁl uglgar in

Frtu tot ef t e attua
éﬁ?éFeopnt 63X hé0§urm@lngkolpEFata olwihghw¥ rtmg‘aimg/e the window

ﬁh.@ﬁh Bhllhethges%%&%q Readimali ¥ aldfse ty ti‘@olﬂﬁ&’h& certain
the fre ncy . ind enter into the summ n
BEEENGH RLR e BESTS: o "Sinsh LA (i Ky 2 (4 5+B (K) /2.

function could be different, so that, for exarrpl e, the

r l.f, ente th_a_n t|ve i,gn and.t
ERFE ént%erselv(n tvﬁﬁﬁg\pﬁ)osmlve |pglr+ed11:"h fAntef ﬁwB(*ﬁ)% in the
neRetsumemekgs syrer ddptuathy spececelcpbeakraviadneok’a(where
genfer Pf sgeavidhy t§%§§1@hﬁ%§ @?d £ S ffdct ien kﬁe actual

referably determ ned, tfor exanple as il ustrated
gfﬁqugecywﬁé @eaﬁM§Qﬁﬁﬁ%a}m?° he summing operatlon with a

negative sign, while the squared spectral values to the
right of the frequency index k enter into the summing
operation with the positive sign. Naturally, this function
could be different, so that, for example, the upper half
enters with a negative sign and the lower half enters with
a positive sign. The function B(k) make sure that a
perceptually correct calculation of a center of gravity
takes place, and this function is preferably determined,
for example as illustrated in Fig. 2c, where a perceptually
correct spectral segmentation is illustrated.

In an alternative implementation, the spectral values X (k)
are transformed into a logarithmic domain before
calculating the center of gravity function. Then, the value
B in the term for the nominator and the denominator in
equation (3) 1is independent of the (logarithmic scale)
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correct spectral segnentation is illustrated. In an
alternative inplenentation, the spectral values X(k)

wae@dtitansf ormed into a logarithm c domai n bef PEEEP2009/001707

calculating the center of gtavity function. Then, the

value B in the termfor the nom nator and the

denom nator in equation (3) is independent of the

(Arngpudandini c Hegal,e) thequeecyeptieakblyt heopesceptdeddndency is
r d Y i e iknghu i 0. the chra .

Ok R R A O T RPE oA eSS pRes it are, in

tthel § ogﬁ@?ﬁh{nén%al RIPERNE al Ly, abhequalogsaridtindich scale.

iNatuda008/, t A C SGd B COAR@SPOPHS iR aR | MEE8aStARic scale

bandwi dth with respect to the :}:?enter, frequenCy In a

AR @ 2B af BOTRSS 1BHoR ARSI, dr i b1 EBPRgE to the

arthtespeidqwaldy, i e pastloyerithmbgastsBe.

transitions are calculated in step 122, the

post - sel ection procedure in step 124 is perforned.

Asr e sooime  Aiseqlibrcy zeabuesrasstihgszeroder ospengsiandly, the
i5fH4 hased REL C ciCrdteri Thj .

%ilftil?z%i on fo Iol\j\ngé.sgc\%raltglodnﬁﬁrg?rﬁ s!yaa?r%uclr?.taerde i step

et (He RRte SPKRITIRR PEILUBTS 1B $Eepeldbvipegerformed.

Aede)0 EPect Faleqiledlss &%QUQ%Ef@&abkhea|&@%@d%pf?ssings are
T ers

Fur t. t f [ f. band- . :
P SR | BAefan o e REER B UiVt Y R bR | i ifer BO0L fication
doddomwsgs sevefrarl asopetsialiing sgnd whiiohf elaa:el yththe the whole
A ' Ler; ' j t tLon
BRI 10 SR L O Soddy B UL BEEL M unores

S
pESi tHrcﬂﬂpefrg-?lber thbloveher Fgsthesnoae, t IRerdRact fxequencies of
Pang-pagrs fhatelrike SkgnaFoégﬂﬁbh%@ spect kdhter of gravity
e ntation tries to follow center of gkgawt resul ts
SPEEA OB @8 TR STO SIS ibrt Pords OB IR 1E abdetbERferably,
tbee polsdgdlonianyd athecenbasefirenuehici edetier Mt i®mer portion
e nt Vit Ln.the.hi [ rtion.of the.,. .
%geg?l%urﬁ%tfo%rol‘?ﬁ g:%)él n%?ggkg\ndt Rgggn%%% s?;%%cetn% gtrhe positioning
inedhendiiahen meroidrerfi thacspprédumAs Thden meanshethat the

sephal f LeApenst Valpes ANl N RHTLSAMNdi P8 X dthS  fo1low
of "the band pass filters_are .

center of gravity results of the step 122 in the 1lower
portion of the spectrum more closely and when, based on
this determination, the center of gravities in the higher
portion of the spectrum do not coincide with band-pass

center frequencies, this offset is accepted.

As soon as the center frequency values and the
corresponding widths of the band pass filters are
determined, the audio signal block is filtered 126 with the
filter bank having band pass filters with varying band
widths at the modified frequency values as obtained by step
124. Thus, with respect to the example in Fig. 2c¢, a filter
bank as illustrated in the signal-adaptive spectral
segmentation is applied by calculating filter coefficients
and setting these filter coefficients, and the filter bank
is subsequently used for filtering the portion of the audio



10

15

20

25

30

35

determned, the audio signal block is filtered 126
with the filter bank having band pass filters wth

we a0ogiing1band wi dt hs at the nodified frequencyP@UHEPZ89/001707

as obtained by step 124. Thas, with respect to the

exanple in Fig. 2c, a filter bank as illustrated in

t he signal -adaptive spectral segnentation is applied

sl gred lc Wit €nghtis| terercoe$éd cifent cadut lstinNothdgse spectral
fd n fddLients, and the filter bank is

subsequently Uused for filtering the portion of the
audi osi gnal which has been used for calculating these

t e [ rfor
\;&\n@l?{]‘st [;?ie%t:e?gié@@ ati Qﬂet%efror-ﬂgéncﬁ fidd F)!rege#:rg}eogg/ Ffflter bank

£randf o T ﬁgggeacw nebaeat BF"F %‘&%ecﬁﬁanta sp’émloalled DET,

mbg;letquaagutarﬁbdd?;%é\l wﬁiﬁ@@g n%h@ ioaml p»talsérélfétgt&ﬂlﬁe band
t at a, an and,_ p ers for

BRS: Eomshonts 161 SFRAERE (TF L orl Phnkrtbgdtier band pass

Wiitlly etrise ﬂ:mndtlpass’thlelrt eyoripkreentBaskll ofiotrhe theébbdhDter bank

pgshaeuy e AL Nampen 28 e RO on cne

sobbERs: \iigrate cénrlethﬁred@%ncyanmm@athnbaa@dpaggua FM

&&fb&ﬁ\aﬁfib&lﬁeheré Zed 12presgntabi %Ql@ﬁ)ltalﬁ%dbllqpks@%p 128 and
Then, the calculation f

val ye
gENt %m%ﬁ#ﬁéﬁealgﬁd?W@tﬁ@r§935 fHeEauengy | deroreach band
adwanaﬁsvahaepaxamnﬂemxtem rbpresaRtdeAdnN ¢ B8Re block of

L ha I order to obtain the next block
gpaaud%%hggngﬁgggég%%mhcated by 120 in Fig. 2a. This

procedure is illustrated in Fig. 4c. The time donain

2Heh) $£hanal1ics 1ialtlids rdedbdd thfc}yp.ﬁer )% %rgnd in the

exe I r|Iy seven portions, each portion prefera
nplélﬂgﬁfﬂ¥ %ﬁnﬁ@VaBFeaHGEHeséﬁp@QP%%QQ in the time

dbh\ashr ahedn Baehlbjpwag;:araﬁqrﬁe?s 101: i&m@s@bﬁ?ﬁu the next
i st t.he, .firs our ace
bibek Broghalooelbitd ol Witiddaly WA S Ha, 2a

of the signal portions 2, 3 4 , 5, the third
PhosK priocdurd ok §l§8§9£5§@3 949%™y, 4c. The time domain

audio signal is illustrated in the upper part where
exemplarily seven portions, each portion preferably
comprising the same number  of audio samples are
illustrated. Each block consists of N samples. The first
block 1 consists of the first four adjacent portions 1, 2,
3, and 4. The next block 2 consists of the signal portions
2, 3, 4, 5, the third block, i.e., block 3 comprises signal
portions 3, 4, 5, 6 and the fourth block, i.e., block 4
comprises subsequent signal portions 4, 5, 6 and 7 as
illustrated. In the bit stream, step 128 from Fig. 2a
generates a parameterized representation for each block,
i.e., for block 1, block 2, block 3, block 4 or a selected
part of the block, preferably the N/2 middle portion, since
the outer portions may contain filter ringing or the roll-
off characteristic of a transform window that is designed
accordingly. Preferably, the parameterized representation

for each block 1is transmitted in a bit stream in a
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portions 3, 4, 5, 6 and the fourth block, i.e.,
bl ock 4 conprises subsequent signal portions 4, 5, 6

wa@e@oiirsl il lustrated. In the bit stream steprPdR28PIinom1707

Fi g. 2a generates a paranetérized representation for

each block, i.e., for block 1, block 2, block 3,

bl ock 4 or a selected part of the block, preferably
tsiee;d\#nétnﬁ]ddhmqn@rti on, thbnmardpaa)mmumréi@@slﬁayhe upper
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| ater on with respect to Fig. 4a and 4b. Fig. 2b

illustrates a general inplenentation of the specific
pigcedutle iblFagtrabesi th r gepegtalt o iopildnemt{8jon of the

E@é%ﬂffﬂ3 Sddrdith @%p'52§3&1£H Pgﬁégégeg?%gghgﬁlon (3).

S|gna an zer and _the band pass esti

To2s @rchy%f- ofn thed auth ol $i BRBF LY sParkpyped wnt khe signal
bﬁ%ﬂ@@eﬁoahhie ﬁﬁ@CtbahddlISéésbLéek@im@tfof)QV\BIn $t%@> 132, a
13 tm?% ve albéjne/freq encytrf 8 fl St €R to th
PSF i s (1R YT ctRBNTy val TRLYEraL RethoEappect to the
p@ﬁgtr@dncdmstaubumsomn vhe mpext r udtape ddaptmeayt dnvolve a
ehtal/ 2 qﬁén t%@%E%fﬁﬁﬁ{eC&nSPSCtéé%pS?@ﬂP”t%%%O”estlmated
such as t ectral nmentation in

frequency values for t e local power concentrations in the
spectrum are adapted to obtain a perceptually correct
spectral segmentation such as the spectral segmentation in
Fig. 2c¢, having a perceptually motivated bandwidths of the
different band pass filters and which does not have any
holes in the spectrum. In step 135, the portion of the
audio signal is filtered with the determined spectral
segmentation using the filter bank or a transform method,
where an example for a filter bank implementation is given
in Fig. 1b for one channel having band pass 110a and
corresponding band pass filters for the other components
101 in Fig. 1lb. The result of step 135 is a plurality of
band pass signals for the bands having an increasing band
width to higher frequencies. Then, in step 136, each band
pass signal is separately processed using elements 110a to
110g in the preferred embodiment. However, alternatively,
all other methods for extracting an A modulation and an F
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Fig. 2c, having a perceptually notivated bandw dt hs of
the different band pass filters and which does not

whanwe/1a32y1 hol es in the spectrum In step 135, PEEEP2009/001707

portion of the audio signal4is filtered with the
determ ned spectral segnentation using the filter bank
or a transform nethod, where an exanple for a filter
mmduhaﬂmaﬁnﬂunub@anngrmea it fjaranidtdOizé®nN€ach band pass
ch nn havi ng band pass 110a and correspondi ng band

a58 |Iters for the other conponents 101 in Fig. Ib.
The result of step 135 is a plurality of band pass

Sl gﬂi.\efn‘?:rl e gands Havipg an Crsglgiéagsgand Udthnicn  a
equenc hen, 1Tn ste each band
ﬁa@é%r ISQ%J%Té'ifar‘afeN}eEﬁocf@éfsﬁPR%ﬁf@eJeYelméﬁtigssmg each

b&%ﬁ‘ﬁééé(Qiddhﬂ'E%Fﬂfﬂﬁﬁiﬁékéwboﬂh”Enétebbﬂggera band pass
rnati vel all, oth net for extractlng A

TiaSen 4 5 B iefoddion FONCEIATES paTGelrFghency value

padamaténizea edsdndandi tss =8 griete rmubhsefjuent | yheFi gpectral
AN I SC c pr. ferr sequgnce

SEableneat i SR AR B ohr R BeR R B ynafis step

useis| band ass fhleest epf%@ataobaa@dpam falserbésused for

%%Epﬂ%%ﬁ%gth%aﬁﬁlCBE@%edeQQEQr EE?Q%%@%&d%@'%% aRde output

usi ng band w dth as determ ned t he spectral

éééﬁéﬁﬁéﬁl&4@ﬁ$Qﬂﬁ%ﬁneHarnI§t§§eP343§ Fike pdiqhpsgnal is
siepeuseds baiwg pase fHaner paskor il t on @@d; CE @lt%@ be3g. 1n

ed for out putti band pass f||t r tion
SRESo IR A ePradsitRe Pl 95 chR BRBY wHbS (nbonal is
iodmed3|@eab,l$HéIunu&xﬂlkbemﬁttmaﬁmf@rmass &nl approximated

I .
R st ol SiE8 00 cghel 4o S A ohnss o

dlanstaamest ban (%AQRN¥R1$Mmer¥btr%h%$orhﬂ step 141, the
dthéhbh%@:&B)anaﬂpBbkedlo-EhloSf|1.31<yl | ust rigf qgepf’oi‘ﬁ\@@ i.e.,

Shepiatiigs "ty Ehp bty si8na ] THhe dternined in
padert ude qfrdvne:leanatlh}etlwl sn fmaha € sonet eBemnmlllyl, the AM

Qhe8Lmb@iBROVEEe LBEa ALLNT PR MRILON s ST G Mt A5 the
resolution of the band pass signal at the output of block
110a. In order to compress this large amount of AM
information, any decimation or parameterization techniques
can be performed, which will be discussed later on.

In order to obtain phase or frequency information, step 142
comprises a multiplication of the analytical signal by an
oscillator signal having the center frequency of the band
pass filter. In case of a multiplication, a subsequent low
pass filtering operation is preferred to reject the high
frequency portion generated by the multiplication in step
142. When the oscillator signal is complex, then, the
filtering is not required. Step 142 results in a down mixed
analytical signal, which 1is processed in step 143 to
extract the instantaneous phase information as indicated by
box 110f in Fig. 1lb. This phase information can be output
as parametric information in addition to the AM
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information is obtained in the sane resolution as the
resolution of the band pass signal at the output of

whb@oki1skiDa. In order to conpress this | arge aPOL/EP2009/001707

AM i nformation, any deci maRkfon or paraneterization

techni ques can be perforned, which will be discussed

|ater on. In order to obtain phase or frequency
iimffomatiion, sbeyr 142 coaprpsefenredl tipl ididtfiearemfiate this

e anal yebeabeshand b%oﬁe gan'dk' até%ffa%[r?ngl hayd ngéequency

the center frequency of t pass §h%a
s lARkqpl tedervatiansiseqlbnstrategass fFigerilhy at 114.

QRAYIH,| Ahd HYSE eff esrh@t L&hecint HE HEQH EB?qu§&¥‘lblng the
ortio rated by the nultlpllcatlon In
&F ‘¥¥§&£§5%%%uorﬁﬁ%ﬁ%ﬂ i s ddmateet ionen, thé’hen phase
fiinl floamiartg. drs awt paeqmen:edl zSﬁ:anl‘thﬂcﬁﬁrtHﬂﬁori nlélt dawficient,
d al yit essed ip ste
PR M Lo 0 o T LR SRS TR i P Basary
i ndi cated by box IICf |n Fig. Ib. ThIS phase

imor magjon lcalmgﬁ%grur;taﬁgnpagggﬁmg 'nf<9§ o%féﬂi.ng a

addition to the prefe
&PFP@"Ieéﬁtrlla"-te@ tlFﬁ%r%ﬁ%%ath%r@ét iah @udbox smatlo that has,

@lblfralaﬂ @1&5U%$f@%ﬁﬂcbaﬂml{%&&iorfﬂl'tfﬁgﬁﬁfggmgﬁlon from a
te a gal n,

%%P%Sﬁﬁgloﬁf #%#t tr??éhmf?fﬁing 1 in the plot

ﬁne@@@nmyﬂdﬁﬂase)f eFaged4f:I uTheathaoms . paWEenf:Dhtaéﬁ information

KR IO [ inf gl IS
P?Fg?%ntQ%ﬁ%ﬁ¥%€¥%¥é2¢éﬁén ?a |5§ |nr% q}$¥cﬁr?guenc1es

r(Starﬁé(?éssﬁF?quﬁP@le:%é i PEushand ePaas a;fpautm heving band

wedithyi nghacpar aaperail 64 el espAat 'p%'%so‘c f@ﬁt@%' Oand the

| that h time portion, band pass fil
ErEORRaceR Plorhie haRdl PesCof IBaRuspadd MaErRg amplitude
modhlasibhockrl phathe pbatlafibhe 8tddfee@hehty. M6dulation
I n i cate .
IH%O?@;%?)}%Z %llndggassraqf{aéj gentf;?ltfrqu‘éﬁmt@se respective
Fé@?r|E@rttﬁqueﬁﬁh%s)anﬁamﬁﬂmmipé@affmbdeﬁ91MQV|ngmpamdes an
WhébPRaMhbah n%i%%@nlgbewlﬂﬁ%@l Q.asssoﬁél:%€£§ean&g tnkbedlfy the

fre uenci es of the band pass ters avin
g yea'é(?ng center freguencnas or to modify t ghe amplitude

modulatlon information or the frequency modulation
information or the phase modulation information and which
outputs a modified parameterized representation which has
carrier frequencies for an audio signal portion, modified
AM information, modified PM information or modified FM
information.

Fig. 3b illustrates a preferred embodiment of the
information modifier 160 in Fig. 3a. Preferably, the AM
information is introduced into a decomposition stage for
decomposing the AM information into a coarse/fine scale
structure. This decomposition is, preferably, a non linear
decomposition such as the decomposition as illustrated in
Fig. 3c. In order to compress the transmitted data for the
AM information, only the coarse structure is, for example,
transmitted to a synthesizer. A portion of this synthesizer
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nodul ati on or phase nodul ati on or frequency nodul ati on
informati on for each band pass filter for the

WO e@patRive time portion. The apparatus for noRECT/EP2099/001707

conprises an information m3difier 160 which is

operative to nodify the tinme varying center

frequencies or to nodify the anplitude nodul ation

icafobreattilon addéhel 60eqardcyhpodhanat ipEss niorsat sonrce 160f.
e KoY t h,eu t

e e e il ST AR 00 B CpE bR Enformation

Bgadifderf.r eqiﬁénm ke f orPraf RMKRD siegadimant ,on however, a

RRQinksi@ & sAMn rﬁ&imtllsorbetrmrflssﬂoew 60 "BRé0A60, and on
nglfled FM i nf or pat i on. 3b illustrates a

éfSer r S FRDBLFPENR of QHﬁﬁaeHﬁorna?Pﬁﬁ nmodi fi ePaigpeterized
lr&pElegeniaa,tlBrrﬁfoeﬂ gzbiey cdémseAMtiIl‘lf@thﬁm? i @tﬁldj sfor example, an
i nt roduce nto a eco sition stage or ,de 0Si
ERSTAN | nFbr Tt i RCTRESAEI1Rgar &4 f | et bl8fe SeFlbrie  fine
Bhirscdegenicsitiaorsnis tgd efier abing Bohofirémnearanalyzer to a
@ﬁﬁgmﬁ'z@rﬂnw aSn t PRe dEGATRASH LN AXd ) lapargéfégdsource

order to conpress tﬁe transn1tte

160 % Hé AL ATaQISier 6t PEEL IR A shard rpeesrecige signal

ol exadpdeific apaftt pREst &idyrynt hesdzehe AV i nal has
of thlsggynthes|éercgg be the adder 160Ce and,t he éwb
e

ARs $Ndi%e Idurber MoWeverP3 T HBRECE| SR ?Sca e energy
Fadoaebermpatinef 1bhe iTifear,nadm ohhpodiddeeter Agyritteesizer side,
B%f erﬁéf%? rj‘% ’ggﬁséra*f%%‘e’sﬁ{a;négd t E?n%és'c%%r%%t hchf'ucture,

etmeen a an this transm ssi
veaghéled &Y \its pharadet eenesdyr épde@éimeﬂ iteh ©e théansmltted

eearse gtrrldfctt‘ﬁr% 3, of @Er eK@”E!yﬁth@@lQ@eréJysi\@’{é@ that only
represe tlng gaw hlved fromthe fine structure
% [

LPARSH ét16%2FFonf8h ahLPysBASFECR die to the

aymhﬁ&sua&rsyﬁuﬂesxﬂl¢hethnEhee|s&mumuhxeziaﬁnemally, the

ARUSEe d86L. S &ral 94 | o0 Al g, PLOVIEECABAN RS noise
i S€ si for a speC| ass Ad

§®|g§§13| gmurrms an @ﬁértgy-nas qlmh@at e@lneraya value and a

BRLARLSMiTeEh asdnRor8Ner Oendidie oruidPeid@diodhen. it is
on the decoderlsgnthe5|zer si de
controlled via transmitted 51de information or is fixedly

set e.g. based on an empirical figure such as fixed values
determined for each band. Alternatively it is controlled by
a local analysis in the modifier or the synthesizer, in
which the available signal is analyzed and noise adder
control values are derived. These control values preferably

are energy-related values.

The information modifier 160 may, additionally, comprise a
constraint polynomial fit functionality 160b and/or a
transposer 160d for the carrier frequencies, which also
transposes the FM information via multiplier 160c.
Alternatively, it might also be useful to only modify the
carrier frequencies and to not modify the FM information or
the AM information or to only modify the FM information but
to not modify the AM information or the carrier frequency
information.
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the noise is tenporally shaped by the coarse
structure, weighted by its target energy and added to

WO h@otirmsm tt ed coarse structure in order to PCT/EP2009/001707

synt hesi ze a signal that odfy required a low bit rate
for transm ssion due to the artificial synthesis of
the fine structure. Generally, the noise adder 160F is
for adding a (pseudo randon) noi se signal having a

GRIi3i gkpbal Strl% ue -an oﬂFBEEdetg{n1§% new and

t enporal energy ution. ontroll
PdeRAS iy sm@qeﬁ?fsdrﬂﬁat meithedsi sbecqudl yf%@sllelg A great

baset tiyao £MPhei aRldul1ladUcd WEdbrsodi oEsh VBLEEEented herein

det erm ned for each band. Alternatively it is
dSntTRA T edhBy REIRRIS aﬁaﬁylyﬁés/ﬁym@em fiefhed dmelicitly
s;srsuﬂm zehati nthdi ateduie: avdi | ahle r@cbcﬂ!itﬁétién arg:&ldtzéﬂsmg -

d trol I ve
LRPHGeR o clerdh SR tBt by, Te Fiacatghure of the
Plﬂr@qe@fSGmmt i-on nodilfli ebe16oe_rm§zptadd|lty| onsanloloy:,h (free from
eaMRidsSe R raARgkhdl n&eggug Oghg' % funciignadl i Weamples of

160b _and/ or a t ransposer e carrier
fedydeddiods Prgfess s e ﬁ%%@@%dth@s F\wi nBbrmati on
Vi a rrultlpller 160c. Alternatively, it mght also be

eful to on modi fy the carrjer freguengies and to
BRE RSl 7 EOTRRSTH AT TR AR (1 S| (FERRaPPaAngy of an
Budanl ysirgdafy wnElEMmaﬁmmim@ ltidimaiot pragibiay-k  speed:
AMLé nfegggg%/ e&gg %?rarnluﬁrtlf faéjae{]f%/% gtf haJh]d carrier

or mat i on e nodulat i on CORpoOnen
ﬁ@WPQﬁ‘@Wtﬁt ef”’éé:ll"l n@ pEeBssantg kechods bédoge the temporal

keasichhee Ara apt 8ggnafll ke sudulatd d by the AM
deco 03|eti an presgqltyed he?rell n |ls tsh tyﬁe ép))é]tou%%ed o ©

grgP§Sss Ady dchénad trﬁﬂnlk?ertF}?eclst‘TSIe%%%h’F%sofh‘éPetﬁérrler s
spsulttradf spayimedul ati on processing - independent to a

| arge extent fromthe exact nature of the processing -

wi Il be perceptually snooth (free fromclicks,

ffangndnt 2eputbadtonlet sarrigrsewcexamsbendig to certain

prddbalhel PFRSESSHhAY amk eHRIWRlsi hadded 3P0 suitable new
values, the key mode of a piece of music can be changed
from e.g. minor to major or vice versa. To achieve this,
the carrier frequencies are quantized to MIDI numbers that
are subsequently mapped onto appropriate new MIDI numbers
(using a-priori knowledge of mode and key of the music item
to be processed). Lastly, the mapped MIDI numbers are
converted back in order to obtain the modified carrier
frequencies that are used for synthesis. Again, a dedicated
MIDI note onset/offset detection is not required since the
temporal characteristics are predominantly represented by
the unmodified AM and thus preserved.

A more advanced processing is targeting at the modification
of a signal’s modulation properties: For instance it can be
desirable to modify a signal’s ‘roughness’ [14][15] by
modulation filtering. In the AM signal there is coarse
structure related to on- and offset of musical events etc.
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For sure a promnent application is the transposing
of an audi o signal while maintaining original playback

wep®ed152This i s easily achieved by nultiplicatPORERL009/001707

all carrier conmponents with38a constant factor. Since

the tenmporal structure of the input signal is solely
captured by the AMsignals it is unaffected by the
sincetichiengsofucterearelated spefastibrspaduidgtilbh dreyuencies

A oslo qlararéiss e01cerpAIdbBoubOueer i Dopresenting the

requency irntervals I's mapp o0 Surtabl
FONIPIe RS PEPRE KelespeE R augieceighafudifercgaryéers up to

chargeqd fros) 18], MAMi O FRISudHned£€ el SBe Mbdified by
achi eve this, tge carrier freguenm es are quantized to
I\ﬁeﬂovﬁﬁ’r%erti‘eth £N&r eSEEBSEHEENt #Y9 bt dHENg  the coarse
apuapurd.e new M DI nunbers (using a-priori know edge

of node and key of the nusic itemto be processed)

Lastly, the mapped M DI nunbers are converted back in
dodedecompdtai hhehemmalidoedioher conrbeeqrehcieset Batructure,

AR 1UTRA I HeSYSMbESLS- bég%itq’liaze%diiﬁﬁt .egxM\?Jﬁ%,nOES capture

onset/offset detection I's not required since th
t&®poFfaRreRarltt @PPst FR8 ARPIH edorRiRFRVYSe effridsepfedd (low

Ryt diefte gﬁﬂﬁﬁyﬁbﬁgaﬁw!aﬁ?mihufi@éeSEEEﬁ@tuﬁgﬂ?rFr?sidual) is

advanced, processing_is targeting at, modi fi cation

& \éé‘l&e&wzﬂs st%?oo‘{]’rg%ﬁ‘?lberfl% 0 t_r‘??é%.lni& rapHsFanege; envelope.

Tae belaksirabl eAM nfidiéy atsughakes Danughtesspektéptually
| atLon_filterjng. the AM si gnal ther I

%§ﬁ%g§%gg%grg% ure rie# atde roécgn- akr)@ oaf#cgle go;banda limited

ngsiecsl’ evehss «talked bivnetber rnanay r oifat et cesidual and

frampeir AUl MY foequencd &sr & 3 30QvEltdpe . Si nce
this fine structure is representing the roughness
properties of an audio signal (for carriers up to 2

Ktk fthale [i6]anyaudidiof ycaolighsesse cappbeedodof tRd BY signal
SRS TS DAIE B WS 80O Th, DS BORS s10uy
vepyisgor Wil e, Shoaei fder unplodesesed BY¥ may | geutator sudden
gsamBl &ud Ot6addtSing effects inside one band pass region
[17]1[18). These peaks appear in the proximity of zero [19]
of the ‘AM signal and are perceptually negligible. An
example of such a peak in IF can be seen in the signal
according to formula (1) in Fig. 9 in form of a phase jump
of pi at zero 1locations of the Hilbert envelope. The
undesired peaks can be removed by e.g. constrained
polynomial fitting on the FM where the original AM signal
acts as weights for the desired goodness of the fit. Thus
spikes in the FM can be removed without introducing an
undesired bias.

Another application would be to remove FM from the signal.
Here one could simply set the FM to zero. Since the carrier
signals are centered at 1local COGs they represent the
perceptually correct local mean frequency.
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the coarse AMone can apply a piecewise fit of a (low
order) polynomal. The fine structure (residual) is

wobdaiinedl as t he di fference of original and coBCEHEP2009/001707

envel ope. The | oss of AMfi2he structure can be

per ceptual |y conpensated for - if desired - by adding

band limted 'grace' noise scaled by the energy of the

sy .duak aﬂﬂl&§’tﬁ,’@@féb| yarsh%p:%ghp?)é ttESrCO@i&@EaMng f coarse
te a nodi f i ions are ap

SF ey SPEfl & (o300 ARG Ead 914 + cBEBs o9 hbl Evptrates a

diygmiada lt ocda@rséom:yu\zau)tlengfmlq,tsnecprtd&raced by a certain

to beat
g?%ect S 1 NSi dle gﬁ%%gnn&og%assugggﬁoﬁeﬁﬁﬂ gF%S] geg‘?'ﬁé’g‘gl% the
gesrvasdar 1pn siHergroxtheny aff 2ar @fti@dk ot itge Mstant, a

Sy At e Rl “&Fﬁl’ﬁétﬁd’e egh 1194 bsgepn AN §@HDEL§I ®hen kept

such’a peak in | F can _be seen in ltg%e sla accor
TSGR a1 1% SR EPdled iR IR oPeElp aS€WQHn)Qﬂe pone is
ate 1zarsed OCI&iJJsQFth adhd rec tébEréd apy €4 0ORend TBE an exponentlal

oY (TCLT 0 3 ERE PURWeeY ¢ et o Pl ARFiod. This
94$gn'allle abegiasing ghfs ther tadedssi ped-igobdnése.pf 4 heelease
feiitne dﬂ&’sgte?‘rpt{ ke‘fhénsh@%glblw ;ﬁé&%ﬁ goyed Vﬂé@?é’éarlly there

i ntroducing an undesire er appl i cati
ol i e e e h e f 8 ?Pfém@ll@nala Herteapnes coghdidered,

&ltml:lé(:ctﬁﬁés g@EegllM Eﬂla%ert‘he ﬁq&?@ iQ?g%S%{r‘a%%{gﬁ'h%ﬁ%:?c:.tlng a
are .centerge qqal e
SR AdG ohd P i SHE | AT, T iritatign ime instant,

al redieastee poart ig kel dlori exdu id | gn@, chané@iately follows
ture fr s si,gnal... Fi 3c jJlustrates .

gﬁl ygll ca% cocg{rgslga s% i uc?%?e ?g %Foné:%p?rtodu%%%t by{@\e string

eectdila tiiest r digentdamparnsd upperi bl othe Atstheéng comes to a

BegitnBnAGy tSeatOStmUBNt kS %He@m tﬁge%rﬁf 8R %H@C%elease
ti.me instant, a harp rise of th e anpl 1 t ude can

BaB - Wi B s Salod TRSEGTt ar RN TE £ %bS el Voa 1 forms or
soatraien stanicadireEhefor t fiech obenes.r eheasedr MY SexSract such

gggliggt &'t 'ﬁ%({lﬁyes ﬁg}ﬁl gf rqde)égcs)rs]er.]stllg%lal it is preferred

to perform a polynomial fit into the band pass signal,

where the polynomial fit has a general form similar to the
form in the upper plot of Fig. 3¢, which can be matched by
determining the polynomial coefficients. As soon as a best
matching polynomial fit is obtained, the signal is
determined by the polynomial feed, which is the coarse
structure of the band pass signal is subtracted from the
actual band pass signal so that the fine structure is
obtained which, when the polynomial fit was good enough, is
a quite noisy signal which has a certain energy which can
be transmitted from the analyzer side to the synthesizer
side in addition to the coarse structure information which
would be the polynomial coefficients. The decomposition of
a band pass signal into its coarse structure and its fine
structure is an example for a non-linear decomposition.
Other non-linear compositions can be performed as well in
order to extract other features from the band pass signal
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decay that starts at the end of the sustained period.
This is the beginning of the release period, i.e., a

w0 edogas®1ti me i nstant. The sustain period i s nPCT/EP2009/001707

necessarily there in instrdfents. \Wen, for exanple, a
guitar is considered, it becones clear that the tone

is generated by exciting a string and after the attack

and heirexcorderontbi nhdasitlant , radeeteaskeporddtan, rate for

e SRR 1 0L W DU e e son

i s danpened until the string cones to a stationary

stiat.e i ghiustrbhe’ the erdpaf irﬁ‘e_sﬁ%he%ep‘i:.b@%du%%r. In a
t plcak nstruments, there exist typical forns or
5%§Pse @%r udthft eSopgFes R HEhEES 11 ofdEracseskisaghk as by

podlynondrde stittcing esahdonby baad quast isignathe i tpbSynomial
%%§gg{red to performa pol noniaItF%t inta the, band

SISNSESES | Witk e PRE pol /MM al TRPt WP I thidfer aiodulation
fioforgiatilonr tto t B f drransmitieedippbroml otnof akabyz8¢, to a

WhheheGanie mahchgdaby def erpni n@ftf!l%i%‘?xltlﬁ%g}%%lglform this

coefficients. As soon as a best matching po . .

fransiissigmed, THREhaymantl zrltiom aed eyCeding operation

peley o ehef grthantieds | fotha B StdCL N e rddfed. The
.signal_is subtracted fromthe actual band

band,k pas

85§§t§F6§&Pnsoqﬁﬁn R%e FRRECEPr ultur &S YWYkaTeq and  the

ehicolingherp¢ het ot ym@m abef idnwas fgadde eneugh\’/}\(ﬁc}s’l:ﬁ entropy
' .nai s [ I iC ert ad er i C

AHEbRRG, SYpR AR onth T o v ol SIS wien ox

Yy fhpusi raplesder rraddimstor tarding comrlseasta ucontext based

hpf enfBtiencebial Weulhdhig tMem MY @&mpression.
coefficients. The deconposition of a band pass signa
into its coarse structure and its fine structure is an

Ekanpl e low binomaltienedr idefeiposidn adr EMAEM information is
- | i,near _co sitiqQns _can.he perforned as well in

g?gg%btgﬂé§ rggg.gfhgf é&ﬁﬁk§§%9%ﬁﬁt%é??ﬁﬂﬁpkﬁﬁipn channel
sngRalvaty | of brdeent omhaaeirl.y Qrediceynhbedararr atielef,ora step
1 68NSHist tigag AANdY O FBE | 08ebBa@nbOWalld '@ -&uantizing the
application. Fig. 3d illustrates The steps 1n such a

B?gegaapégd“p%fameters. Then, in a step 169, the coarse
structure is reconstructed, for example, by actually
calculating all values defined by a polynomial that has the
transmitted polynomial coefficients. Additionally, it might
be useful to add grace noise per band preferably based on
transmitted energy parameters and temporally shaped by the
coarse AM information or, alternatively, in an ultra bit
rate application, by adding (grace) noise having an

empirically selected energy.

Alternatively, a signal modification may include, as
discussed before, a mapping of the center frequencies to
MIDI numbers or, generally, to a musical scale and to then
transform the scale in order to, for example, transform a
piece of music which is in a major scale to a minor scale

or vice versa. In this case, most importantly, the carrier
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step 165, the coarse structure is extracted such as by
pol ynom al fitting and by cal cul ating the pol ynom al

w@aroaireRer s that are, then, the anplitude noduPEL/ER2009/001707

information to be transmtBéd froman anal yzer to a
synthesizer. In order to nore efficiently performthis
transm ssion, a further quantization and encodi ng
mmaqménmiéuﬂhnﬁ mddnﬂmﬁdumﬁfﬁﬁefmblyraﬂBeiBHiQﬁbemation or

rf Qpj it i |for
REie TR (IS ARSENS ahE Wi R hokREe sageor
the wel | -known entropy encodi ng operatlons such as

W forn tGAING, W bPhet W hhois tables org (fgwmt'frequency

codln such as a context based arlthnetlc co
1SN e 6280 B e SREBFOLIRE N, SUEN 0@ i f:rﬁalts@omng all

lcﬁerfﬂ&tl greqlenMiBY | B§ongaltipn Is%nfeorrtmqn\éﬁb%litq% factor
bs?}ransn1tted over a transm.,ssi on. channe| in_a

G SRY RAndF. 1&#e§e§yﬁ‘t‘ﬂ‘é%‘?rzetr“l%?%l’é t aEtép%sw%Ch may
ber faorfrredt tfiam ade cohlyey armtwkaerqufarmndl(mg Ihethe latter case,

ttrh%nzg'ttf}hedofa{ﬁge£8ﬁgs ;rvl?.fetli bI n eéor 1691‘.?1: m%dlflcatlon,

coarse Structure i S reconstructe exahpr e
é@ﬁmﬂmyﬁﬁﬂc@@émengQﬂSeNath@sRﬁ§QWmeb$hﬁ tones will be

PG lgheeMaalt drhafodias, ddtel 3 alsdh th kb ROl MO h@Ki fication.
coefficients. Additionally, it m ght be useful to add

grace noi se per band preferably based on transmtted
€ner.gy 4ear anElws sramels t eanor apy raftaped ﬂm t heySElRESEzing a

AM_ i_nf or mati g or alternatively, .in_an ultyra bit, rat
ESp F@aﬁgﬁ%e (f??e?Eﬁgi%S n3fse Havﬁﬁ§%ﬂ1 signaf, the
Bnmameé:@lmyesiel ecreplreaengytmht er neempel ying si dpaand pass

qﬁ@'ofrhl‘é%tl' N STRY INCluden; &S fj}mceﬁe@%f’rﬁ n& pass center
pi ng of the center frequenciesS to unber s or,

§§ﬁ§P§PF¢esto foRusi Eh¢ sRa an®ass thgthﬁéﬁsfor%letlonal

bbmp&@&hQsl n @ffder ﬂme, f Qarefd Lizdd anSf@ng@a@e@t@@ﬁon is
scal e t a nmnor _sca

IrERTDBEAR [oh Ars WM fha: PefdrtaRey ThraRefith on
¢ aenuentcye quahel &tsi e eonodinfficenha thraef eombbly pHadwe Abdulation

b2f ar BRLIHOR AQ' %q%dgﬂfmﬂinfornation is not nodified
I'n this case.

In order to synthesize a signal, the apparatus for
synthesizing comprises an input interface 200 receiving an
unmodified or a modified parameterized representation that
includes information for all band pass filters.
Exemplarily, Fig. 4a illustrates the synthesis modules for
a single band pass filter signal. In order to synthesis AM
information, an AM synthesizer 201 for synthesizing an AM
component based on the AM modulation is provided.
Additionally, an FM/PM synthesizer for synthesizing an
instantaneous frequency or phase information based on the
information on the carrier frequencies and the transmitted
PM or FM modulation information is provided as well. Both
elements 201, 202 are connected to an oscillator module for
generating an output signal, which is AM/FM/PM modulated
oscillation signal 204 for each filter bank channel.

Furthermore, a combiner 205 1is provided for combining
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Al ternatively, other kinds of carrier frequency
nodi fi cati ons can be perforned such as transposing al

we a0iten21f r equenci es usi ng the sane transposi t PGIEP2009/001707

factor which may be an intéger nunber higher than 1 or
whi ch may be a fractional nunber between 1 and O . In
the latter case, the pitch of the tones will be
snallﬁ% fter nodification, din the forme

c

r caﬁe, ,
BhEngLSch Tl (e RAIY Bl trpHdtanpeLs, such as signals
aodi fiwmii oscihaatbekorfot hethedi fuarad | passFifll1tdr channels
il lustrates an .apparatus for synthesi zing.a .

BaaSCar I ST T Loth PTER BFCRRCadaodod hat {hdased on
pararsdigna lzedf repr sbenta@nicdorpzenpfidtay lchagngdss Just just
58&%;%@ ISACH Bassac 2h 1l SHIENCL SR 2L Rad RAfther in a

center frequencies for the band pass ters. , .
RagLeirsRsl CHRBHAMRRE of gRBepAEGRet éhiczefynthesized audio

é@ghﬁ&eﬁmﬁjbedéVéfW06ﬂﬁé£°80ﬁ8iﬁ€t§6ﬂ'hk%%%ds can be used
nmodul ation, information on a frequency nodul ati on or

BAf YPrreti on on a phase nodul ati on of a band pass
signal. In order to synthesize a signal, the apparatus

r. Syft hesj zi Li I nput_.Jnte e 20 .
e e R e e e R
sEptassizeri-olnt rdvankigelews | impleanentation dld Hegrtl on an

Be$ 1 bbbl eiss o @MIA | (ota)Fith Ak idddSideies &bRain, i.e.,
synthesi s nodules for a single band pass filter

ifpgidie domdtnePefsrsy memedialing i Hhor kabfoslomainapand pass
syghhesi 289 20Muforasyat hasichangniadu AV soopobBENtFikasest, the
on_the AM nodul.ati.on is ﬁroviggg. Additioqgl

Yy |

ERPBRN S s SErCT AP Ly RE nBs Ping tas s it Ak may also
berequaehceay @irasect hdor bat eonabadgdeasn arthenodifier as well,

5 af il é?ﬁﬁ@@ CREr I8 LSROMENGE €808Rd ¥B® FM component

transmtte M or FM nodul ation information 1's
BPAPi ddBdast iRl S Bt el RN 1 COPPPNGE cafiéct efhe AM

E9n@he@scield A0 pPsifd palbDy genprakeBd adn GEPHp-adder 201a
nal nodula%ed | ation,si

308" r 0P HHREROPPILdr bAnkCRRBRRENT. Ponding™ cSRc26908: 201
which, preferably not only comprises block 20la but also
block 202a, which 1is an overlap adder within the FM
synthesizer 202. The FM synthesizer 202 additionally
comprises a frequency overlap-adder 202a, a phase
integrator 202b, a phase combiner 202c which, again, may be
implemented as a regular adder and a phase shifter 202d
which is controllable by the component binding controller
201lb in order to regenerate a constant phase from block to
block so that the phase of a signal from a preceding block
is continuous with the phase of an actual block. Therefore,
one can say that the phase addition in elements 202d, 202c
corresponds to a regeneration of a constant that was lost
during the differentiation in block 110g in Fig. 1b on the
analyzer side. From an information-loss perspective in the
perceptual domain, it is to be noted that this is the only
information loss, i.e., the loss of a constant portion by
the differentiation device 110g in Fig. 1lb. This loss 1is
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Furthernore, a conbiner 205 is provided for
conbi ni ngsignals fromthe band pass filter channels,

wae b/ 1aR18i gnal s 204 fromoscillators for ot hepChaPmoy/ 001707

pass filter channels and f@8 generating an audio
out put signal that is based on the signals fromthe
band pass filter channels. Just just addi ng the band

PRESGFAERR ln AP 8 SR MRCTI D BTl by cne

2@@mp¢@ﬂ&Veb9ndnherdeaaben@@ﬂ@nlmeﬁh@ds4¢an be used as
well. Fig. 4b illustrates a preferred enbodi nent of

the Fig. 4a synthesizer. An advantageous
Werﬁélﬁrbﬁlr ort S sSHashEsaAesn elerampagdd topre abesis of all

(&3rfpohent e F@QUbﬂEIQBmﬁgﬂéhﬁ,theeprddéééyﬁdﬂﬁﬁﬁih 1s shown

befo e_gener at Ee tinme _domai n nd pass si. g

st Fbgt r g?’ed ]H}?? heDfi @gRd Y5isr df EFl @ynﬁeesgﬁellsnmrformed

stgnal bhbck-bgybleck bbasssr eadindet dld‘.llwht_ﬁif&y @kffered N/2
e congec a yzer ifier .

%?ftﬂlsrg égpar%dgh%?ﬁ?ﬁe%&l\ﬂ ?corrb%néll’?t dggg%r FHQ%EﬁSlS’ an

@Wﬁht faovpbrand theemwltier Arequenugntolpomkmy mechanism

2 T n y4 e ahl 0
S LR D P W e o

Rioht +BI FBECEGE WHQﬁ?lﬁﬁeﬁ%r%%?yrnBFeéﬁF?ssorS in a
Wlim iglleek Zgbaeckuﬁtalgllwﬁpcbhgﬁy 2@2%210éééhl<_§rﬁltﬁlaeed on a
verl a er. wWithip the FMs e
g%anﬁ’hegf:%g? BE> Ldl P SR %%%J;‘?‘F{'s Ehe fsreefhiﬂe‘fﬂc‘illty of the
dwardrappradder tR0Raspachhtsepihthgpatroep2@dh,. a phase
conmbi ner 202c whi ch, again, may be inplenented as a
regul ar adder and a phase shifter 202d which is

coht Aetrabl £stHe EbrpdiensiBnadi nig ceddedl Itar Pbeb carrier
| e uelsric§ Oahagw ak§s§l€0&$ %ﬁss@é@sgnf QN Pheclk it 1ap-add
b%g@b sotthat &S e of ,a S|gnal (g% recedj ng

i $-3Bht | 8&5 i thS t hBEGH §Eegft§h BP%cPhase of
'ﬁhﬁeﬁmmppnemm tanbsayyhhhéestihedphaseiaddotidan ioscillator is

e gngf t ege at| of. a .

Consta t t2that VIVZE%{: t%lq{% ?Hj he%cﬁ}% eren lat I% Isnlgnal 18
rgessadyy ihileyiseb bw thgother OLA stage. Finally the
oscillator’s output is modulated in its amplitude by the
resulting AM signal to obtain the components’ additive
contribution to the output signal.

Fig. 4c, lower block shows a preferred implementation of
the overlap add operation in the case of 50% overlap. In
this implementation, the first part of the actually
utilized information from the current block is added to the
corresponding part that is the second part of a preceding
block. Furthermore, Fig. 4c, lower block, illustrates a
cross-fading operation where the portion of the block that
is faded out receives decreasing weights from 1 to 0 and,
at the same time, the block to be faded in receives
increasing weights from 0 to 1. These weights can already
be applied on the analyzer side and, then, only an adder
operation on the decoder side is necessary. However,

preferably, these weights are not applied on the encoder
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anal yzer side. Froman information-|loss perspective in
the perceptual domain, it is to be noted that this is

wo b@oam2yl i nformation | oss, i.e., the | oss of BCT/EP2009/001707

constant portion by the difBferentiation device |1 Qg in
Fig. Ib. This loss isrecreated by addi ng a constant
phase determni ned by the conmponent bonding device 201b

Th I t hesi zed dd ti
8454050031 9581 16 UL R AR O 20, 29 L e inea
pray esBsngishkaisseids kstfowre i ol y. thb. ckhkerekle N/2 portion of

%S'&%J{[%%Jk§yrglr}?§ks 'sS RS elfoor%q ogxﬁgheéiﬁlzso that an

basi s. Since on fthée ce

p%‘f@rb@]pmfa@é@w bl y€Rs msoelkts sagsdd funt mtrchesns Fig. 4c.

oW eEt AP ohactesurd BesYl tisse AcRO te@%n ?Pglon of each
an al |

h | d to bl M and
TS phiebkt GPTCHHARS A Spetbrd cvichall) ayerlap as
thblmspr&de@eSﬁotBelnppemrpwmadﬁnbkﬁtkigSpenirﬁé illustrated.
s i abeggraliLal o e bt 0L ULl

agaln re e sensi
riespptefesapilech qaeraﬁepthgnoultﬂrdatmﬂtérs sihylutle EMe roll-

S ab i Stl?@dQQat]Qsﬂ%e &ﬁl‘é&&@r ey gck({'ﬂ,)'de guarters only

result is passed on to t overl ap-a
THEYE | #0¢ st 1t ebPRIBATESOBbt ai n the phase of the
corrponent to be synt hesi zed. A sinusoidal oscillator

ther sul ti hase gnal .. The AM signal is
kR | PRREiRE b9UanBi Rer BEAITRSESTH LAY iRy Case may
dseillator' s output is nodulated in its anplitude by
the resulting AM signal to obtain the conmponents’
additive contribution to the output signal. Fig. 4c,
| Bifer Bldocklls%‘if%a%\eﬁr@fe@¥%ﬁe¥ﬁ9¢erﬁﬁﬁ‘~mﬂ% of t#keeps to be

QeEr f GEmadl 0w OPRI AL kB i d. he4ac/a@@ Pte POV aMeEhBRdikent. In a
this |nﬁJ]($nentat|on t he fc Etl ﬁrt of t he actual |

F55R zet! Inf of W&t i 03I APERTL hRLEGKPenfthl &k i ion are
tkmletrtr&cd:,()u@sqaondlfageplart thadfésalhhye, secehdspar tcifss+fading

%ﬁﬂ?%b gc?r £ IHES% rrPl[le’thFI Qnocfi.‘l:l é{) {Hglrgﬁllé’ter domain

ng operatl on Whet e e portion
(ﬁaqhgxbnﬁgklth@t the domain of the readily synthesized,

modulated band-pass time signal. Thus, beating artifacts
between the two signals to be blended are avoided compared
to the case, in which the cross fade would be performed in
the time domain and not in the modulation parameter domain.
In step 171, an absolute frequency for a certain instant is
calculated by combining the block-wise carrier frequency
for a band pass signal with the fine resolution FM
information using adder 202c. Then, in step 171, two
adjacent blocks of absolute frequency information are
blended/cross faded in order to obtain a Dblended
instantaneous frequency at the output of block 202a. 1In
step 173, the result of the OLA operation 202a is
integrated as illustrated in block 202b in Fig. 4b.
Furthermore, the component bonding operation 201b
determines the absolute phase of a corresponding
predecessor frequency in a previous block as illustrated at
174. Based on the determined phase, the phase shifter 202d
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is faded out receives decreasing weights from1l1lto O
and, at the sane tine, the block to be faded in

WO e@eilvesl i ncreasi ng weights fromO to 1 . TheR&I/EP2009/001707

wei ghts can al ready be appBfed on the anal yzer side
and, then, only an adder operation on the decoder side
is necessary. However, preferably, these weights ar(re]
I|e on, {sh c r a pligd,on the
Ej .%#J;"st%“ gg?nZA %‘f-‘e 380 o £ e gpfonal by
%?1 Jh‘?:_nc e?eos‘Rﬂ‘ ftifn o é%t]c‘i“F’%\né)l% sWBLERK 1s also

llslltl§§éjré@édsﬂﬁt§€§f€51$9 &Hahan auer haR,f %Neog)h%fs dl?s ready
sults as illustrated in Fig. . Howevér
aﬁe% %%%S?ﬁéo%ﬁﬁiléf-egpért~°1W%ﬁl%lcrp%\%l%@t@rbaécla-ndlcated

fior ewed aphadd Sanha@,a €h§0|@s@ﬂflé@@risoutput signal is
ustr.ated pper portio . 4c is

%“} C% ééﬁﬁi chrrE)edSte%ogll_fr]r{entu%nrg whith fess faded

@ermlelrttpmtlméommonsoprleiecablléo sTheeatnpe ieuder modulator
e I I of, W nd

kst r%hée§clg§t%erlﬁqggl e{% o%{) b flhggl%glna#d{ﬁnft Wnthesized

FARd GRSl #lq}%‘?ﬂerf@r/eﬁl gﬁrtéwoba@dnpbésl ﬁblaeneﬂtt ethich, due

%%tﬂﬁé(ﬁﬁﬁéﬂﬁﬁ&émbréﬁgduﬂg hééu§tf988§eﬁc rBEﬁErQthh which
quence of s erformed with t [

o
it?sprgfgli“r ntb?_)d an t WitEh al%?é%ai?{?g tkWé‘dg pass center
ddjeaprmtcibl ocks of AMinfornmation are bl ended/ cross
faded. Preferably, this cross-fading operation is
performed in the nodul ati on paraneter donmain rather
tianthg t heldewand, of seme rmm:;ocsm:hemzeedpresented that

W@&%t@n%ws%féﬁ@rt?iéé‘al fTh@ﬁ%ebéfe% fed_ modulation

artifacts between the twgy sign

RFGESF 0Ghpat €8St he Fd&se, 7Eh whheNst héh@ros%rﬁaﬁ@al log
W@@diﬂmgnxﬁfdﬂrmﬂ eRcthptt bfe a0 dhedttr A0t c18s6D8a1 music

el ]Qﬁrarreter domain. In step 171, an absol ute
;Requency or a certain instant is cal cul ated by

combi ning the bl ock-w se carrier frequency for a band
#ags sygnalo Wil theofi nigoy est‘?‘lé“ %Qr%\%gowd%)@m Eﬁgctrograms
usi'ng adder 202c¢. Then, in step

after various methods of modulatlon processing in order of
increasingly restored modulation detail. Fig. b
illustrates the signal reconstruction solely from the
carriers. The white regions correspond to high spectral
energy and coincide with the local energy concentration in
the spectrogram of the original signal in Fig.7a. Fig. 7c
depicts . the same carriers but refined by non-linearly
smoothed AM and FM. The addition of detail is clearly
visible. In Fig. 7d additionally the loss of AM detail is
compensated for by addition of envelope shaped ‘grace’
noise which again adds more detail to the signal. Finally
the spectrogram of the synthesized signal from the
unmodified modulation components is shown in Fig. 7e.
Comparing the spectrogram in Fig. 7e to the spectrogram of
the original signal in Fig. 7a illustrates the very good
reproduction of the full details.
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adj acent bl ocks of absolute frequency information are
bl ended/ cross faded in order to obtain a bl ended

w0 pvanm2aneous frequency at the output of bl ocRCRER209/001707

In step 173, the result of 33he OLA operation 202a is
integrated as illustrated in block 202b in Fig. 4b
Furthernore, the conponent bondi ng operation 201b

ey erd Wari%%tté“etﬂ@soééﬁc%o%@ﬁ%e"fof W% method, a

predecessor frequen preV|ous

i9uhika e &#swmnsas@%nwaﬁe w@wﬁe@d PhesMUSHRA  [21]
Rhgse §bé£é§in30%@%ft Fwags é@n@gt’ééasutsli%gat@m)mﬁlgh quality

phase of the signal addition of a suitab

BRI I Tk ¢ e,aéipgogn@q | | fsthH W"g’leép ‘_’Z’?S @nllStenerS

Part AhpdNoyd imeciphasest s Aeadyubpecpbasanchst cohlsiidigred as
a Si nusoi d(% gsc illator as indicated in step 176.

ﬁﬁﬁﬁﬁ%ﬁnﬁﬁ1 Tr AT or out put signal is

anpl i tude-nodul ated in step 177 using the cross faded

?Tl"}%u'{é@@ %ftoré%éags“cé)é Qkoc‘t'ﬁe173gc03;g§1el'i‘99|eht yde Fig. 8 and

| ator such as the nulti nal out put
& hsy riravelsh Gaen hkers pa%@egu*gﬁﬁr 256¢ ﬁu}éé\dmﬁfjnlﬁaﬁ'égpz?ss
channel which, due to the |nvent|ve procedure has a

frequenc d wi dt h mhlc e fromlow to high
e R Eading bahdF bse bt LT YEqBBROP S fGpTde Shown are
fuﬂéomeag Ennuﬂs$e&mnmgraﬁ% mmaﬂndﬁnndedntbabals for each

Sty r?é%f%ke pék%)x'i_r“lgsrggﬂibg g%&?@?sgga@?g‘d ?:'éilo'%nalysis

pr ocessi ng 'sc
Hfecilrodgreah olfewﬂ‘@s(c@ptabl hhS‘éeeﬁ@gtrﬁhecxagsul@alshows the

dééé‘ﬂ?(\Qyﬁéd'énd Fiche 7ytaxifd - rdSrsbONttNethe  score

orre ectrograns, after_various nethods of
ingh ﬁg’ocg}é‘gl POt er "SRR r 8581 RgI anging from O

r(&ﬁd»retcb el edravseetenmt) . Fig. 7b illustrates the

signal reconstruction solely fromthe carriers. The

white regions correspond to high spectral energy and

duiarci dbewi résuhes| ddal cenery @gRIenthati obhén twe versions

SREAIHPIF @M OhM! ROTd i Nabr St8RRke! BMFidkta i@ §48re 7Best at
approx. 80 points in the mean, but are still
distinguishable from the original. Since the confidence
intervals of both versions largely overlap, one can
conclude that the 1loss of FM fine detail 1is indeed
perceptually negligible. The version with coarse AM and FM
and added ‘grace’ noise scores considerably lower but in
the mean still at 60 points: this reflects the graceful
degradation property of the proposed method with increasing

omission of fine AM detail information.

Most degradation is perceived for items having strong
transient content like glockenspiel and harpsichord. This
is due to the loss of the original phase relations between
the different components across the spectrum. However, this
problem might be overcome in future versions of the
proposed synthesis method by adjusting the carrier phase at
temporal centres of gravity of the AM envelope jointly for

all components.
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depicts the sane carriers but refined by non-linearly
snoot hed AM and FM The addition of detail is clearly

woe@9dbl®111n Fig. 7d additionally the | oss of PM/ERL0a9/001707

is conpensated for by addi 87on of envel ope shaped

‘grace’ noi se which again adds nore detail to the

signal. Finally the spectrogram of the synthesized

signal fromthe unnodified nodul ati on conponents is

shown in Fig. 7e. Conparing the spectrogramin Fig. 7e
tEDIhEhspedasegcaﬂlcmsﬂuainémﬁrﬁm shgnakstnskitg.théa observed
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r@%o@nahY%E/éIiﬂtbésllﬁsmﬂh@gi trestsemtsed onoukd ede Bifie use in

Mﬁﬁf%&éﬁﬂ]ab¥9§c5t§56nb@%d€¥¥b§Mﬁ? rﬁ%@ISdCUaiﬂg it could
STAX h|%$ gua bpﬁﬁelectrostatlc headphones

RATDET 63 i gi89aPLPEkpaPEd 3 tghdhanead Rerceptually
st sed s f:iarme b@r@ﬂﬁlssdsneﬁlésaelﬂ@@f b@ﬁ@@dth'esﬁo%@qrcs rinciple

d t.h t. din Fi
éﬂg %ﬁiEh |gur %%gﬁ% 2 H%?e?gégﬁg £ @ &hbddé r?@ﬁlng bit
9fatél'hbet€$ladetph.d)t mighfi dpe 8:0:h\81:yeatystds PEI&@UEQCEEver side by
t 9 i dence
S BEBLRREnEE AL PEULLS A BB R A Gopnes ome and

Item The ots
F4A9d st | Pigmal ysis of the test results for all
i steners. The X-axis shows the processing type and

axi s re resents the score ccordlng to the
O RO RLRRR. CORPEbF 8N i It KPRk ooxbension [20]
(atrrearrsqmeerna)ble Frloineh he. gesulséSshlifcaﬁ badsaenetBat baseband

t Y, f oarse EFM

J%?ng(?l&score Igt ltgg nlch @lt\énqposl ntgm?roY‘ﬁ figgf{riments on
B ey easlfillltlord’ spmgarghabl ebewmet heeasikjimale. Si némproved
kﬁ%éﬂﬁﬁdd@ﬁc%ﬂﬂmé¥ﬂ6“§09£dgoﬁm\%%§é9n§ol%ﬁﬁ%ﬁér evaluate

I lude that the loss o
AUy [BRFRRP T et st@‘%mgm@cmﬁ@ §&idion

wi th coarse AM and FM and added grace' noi se scores

%yyﬂ(kgé“&ééé@mﬁéwbgkdi%xciting artistic audio effects for
music production are within reach: either scale and key
mode of a music item can be altered by suitable processing
of the carrier signals or the psycho acoustical property of

roughness sensation can be accessed by manipulation on the
AM components.

A proposal of a system for decomposing an arbitrary audio
signal into perceptually meaningful carrier and AM/FM
components has been presented, which allows for fine grain
scalability of modulation detail modification. An
appropriate re-synthesis method has been given. Some
examples of modulation processing principles have been
outlined and the resulting spectrograms of an example audio
file have been presented. A listening test has been
conducted to verify the perceptual quality of different
types of modulation processing and subsequent re-synthesis.
Future application scenarios for this promising new

analysis/synthesis method have been identified. The results
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the nean still at 60 points: this reflects the
graceful degradation property of the proposed nethod

wowaob/1i52¢r easi ng om ssion of fine AM detail PCT/EP2009/001707

infornmation. Mst degradati3®n is perceived for itens
having strong transient content |ike gl ockenspiel and
har psi chord. This is due to the Ioss of the origina

p@&ﬁ@né@kﬁ‘ﬂao%attetﬂ\ﬁgn&%go@ IS pro |§Q%Q%S’}$f (@ppropriate

across the spectrum Ho
JVRRRHNE9 n F&?E?e She sigeRs th'ﬁ%npmsgmt hesi svaveform

F@thdili)d pyo@dbeﬁhgnﬁnﬁhﬁlo(i@brv'e@f r@?@%ersatnéuﬁrﬁ%:o%@lnatizlng audio
ﬁ% gogagb#ty of the AM envel ope jointl or
nit

fie classical nusic itens in the t est
set the observed degradation is statistically

T th Si.S ,et, resent ed
80k 9BLL 38 T ARELS) L SDLIERL R P BSOS, e
R 1P be g odf n§het peesledts emmarascm buit disgubleektobd that
@%dﬁ&i@@@ﬂoﬂ@rﬁﬁgL@%f¥é€9&ﬁ§°%ﬂ:€§F9%§ gnﬁ%ﬁéﬁg and the

di o, coder the basic_princ
3khed ?ﬁsfi}bedvvbﬁrﬁééreﬁﬁ%ﬁ;kﬁq r%@@@I%@E to others

et ial 1edri ght ttt?elclaw'e\:/lyeﬁtt I<1st h@%éeqeit\éﬁft si gﬁg?gﬁgrg to be
nvel ope a goar se

rlglg‘l‘ }Cég#]gcétf?ng% th?—'u??ﬂ@?ng’rfe %‘%ﬁ/ dBREBFHD D PR Claims

Fensinirdtth dst erdieon sp2@li fare demedilsabpeeskintlede. 8y way of

l&%%é?lﬁﬂf%*x@ﬂﬂiae§§ §HaP§§§b89dtﬁ?n88B8ﬁts t%g geggﬁy

t he hi gh bands oved experinents on
properties becone feaS|bIe e.g. inproved creation of

¢mpﬁﬂdih§0@ﬂﬂ5céﬁtﬁﬁﬂer1&?1@Méhﬁ§fl?§alP@%@lf@ﬁeﬂygaan the

ercept.i on of ul ation, structure | . Last not
Jehs £%Hﬂé ?t|%@ea%?V%?F&V§u8?8h8ﬂ§e€?§ Pgr implemented
HMS|hagd®@uEi|om aim mséﬁtMareachrhéltJMﬁléméﬂ&h@HEh can be

Si C 4i a Iter su
g%%be55|n (éaﬂ%eécg?%?gkgs%§§%a %%I%Sy ﬂoparglCUlar' a
tl%a.V%r@ﬁeﬁtﬁDﬂhawﬂﬁﬂwﬁ%@CSEQBatabhycaaabeble control
2436 Mo r@di PHEAELAN Rl AMGUPHNEN Sth 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 carrier, the program code being operated
for performing the inventive methods when the computer
program product runs on a computer. In other words, the
inventive methods are, therefore, a computer program having
a program code for performing at least one of the inventive

methods when the computer program runs on a computer.
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Acoustics, Speech and Signdk Processing. CLAIMNS 1

Apparatus for converting an audio signal into a
paraneterized representation, conprising: a signa

anal yzer (102) for analyzing a portion of the audio
signal to obtain an analysis result (104); a band pass
estimator (106) for estimat CRIME or mati on (108) of a
plurality of band pass filters based on the analysis

resul t %104) erein the informati on on_the glurallt

3 baRBPRESL YR | tg&% CHPITEELY nf O me? F8RC onSIPREt efNto 2
shapepheamrkhe riadd aepafeddres Stihmo, s¢@mp&1sﬁﬁ@re|n t he

band width of a band pass filter is different over an

audi o spectrum and depends on the center frequency of

the bangigasd fanalerzera (iR aféoramslynbngra (pédtibor of the
esti i I f c .
modul BT on o o e R o T i 1 Ban of L0
plurality of band pass filters for the portlon of the

audi oasbanal p#§§uk§ﬁﬁmdﬂ8ﬁﬂ(EGGPnf&ﬂogétDﬁaibﬁg information

Phter M08 (pfor PAREA O Tt 4RO RN nbf LFeRBAPR§RAgon the

i nf or mabilgsisn ndmlanpl1@4de whdukahi ahe iinflyrmmdtiion on the

on thﬁﬁt&‘éi‘_{%ﬁﬁy fmﬂr%{ké“ r;EE@ég madul gt Oé% Of L EB€mation
i nfor ion O % ur al an assF?]l ers ?
the pent aoﬁléftetrh@h@mﬁ cfosﬁ gtrm pczrthqpp@f athye @wdio signal,

accor gaggeiw t Bhel abahd ,wY\B€ﬁe|d§‘fth¥ Haanal tp%@s%l y%@&tter is
respec

(102) erative to anal yze the portion w
(o o EeRRERR. d¥et atr Ridio | PReRik U Gnd [ dgRents. on the
of theepaeti dre@hdz)ky of the band pass filter;

a modulation estimator (110) for estimating an
amplitude modulation or a frequency modulation or a
phase modulation for each band of the plurality of
band pass filters for the portion of the audio signal
using the information (108) on the plurality of band
pass filters; and

an output interface (116) for transmitting, storing or
modifying information on the amplitude modulation,
information on the frequency modulation or phase
modulation or the information on the plurality of band

pass filters for the portion of the audio signal.

2. Apparatus 1in accordance with claim 1, Wwherein the
signal analyzer (102) is operative to analyze the
portion with respect to an amplitude or power

distribution over frequency of the portion (132).

3. Apparatus in accordance with claim 1 or 2, wherein the

signal analyzer (102) is operative to analyze an audio
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3 . Apparatus in accordance with claim1 or 2 ,
wherein the signal analyzer (102) is operative to

wae@bgreian audi osi gnal power distribution in PCEEREBOZY1707

bands depending on a cented3frequency of the bands

(122) . 4 . Apparatus in accordance wth one of the

precedi ng clainms, in which the band pass esti nator

(106) |soerat|ve estimate the information far the

pl ur afiePads PRXEF ﬁ[&ﬁ’?%]‘?‘{%‘r%‘“ Jv%ef’é‘?ﬂu%nﬁﬁneaﬁpét depending
of a band gest e [frerquemanp B theheindentB22f r equency

is greater than the band wi dth of a band pass filter

having a | ower frequency. 5 . Apparatus in accordance

di-t h éppaghtulse fbnec@dtﬂgdeha'emswith wimeh dfhethe preceding

depen@qaaxﬁsbetfﬁewf&qceaﬂeer LLRAUERS Y a@sdtma?tgénd(los is

pass 1S S0 that any two fre uency ad acent” cent
frequereiras iNgve BOsi dtdmatiat atbe i nlﬁf@m}éhé?nto for the

each ghheriarya dpgﬁéhah?a%sscﬁiﬁteﬁs ARB2EahUS 'l‘S‘and width
accordance wth one o recedi n cla| s, in

whi ¢
the sPindl PaRA PAES ( e L b EF e BF &F e EHequency
cent ed sofgrgranent yt s then Hamrtv it oo fa aspemid abass filter

repre gpﬁn% %n 1%@ trh%rsgcg_ﬂeq,lcegorti on (122), wherein

prede events in ‘nter of gravity position
function indicate candi date val ues for center

br.equapehes gf thﬁ PhoEatihycel ¥ fid t
i n whi gﬁ t pass 2st%mcat80r ‘?ﬂg6l)[&|§és gpﬂergﬁﬁveaggcedlng

det er ﬁllﬁémtshe %’ént"@rlcr}} edli€ncierebdsagYorPeHieeen the center
Canﬂlﬁ&éQUéabyESahﬁ24ﬁhe 7 banfppaaaisus iisn ﬁ@cotﬂéﬂceany two
Wi t one of clains ch the

anal y?grgqt‘faﬂy A aceer%tfl vgnégrca{c%(ﬁ%?récbe%eﬁ?gfa gt similar
gr avi gy spesicei dm vét@@uéocyatbaﬁdacm othpparat s Logarithmic
accordangg with any one of clainms 1 to 7 ,

6. Apparatus 1in accordance with one of the preceding
claims, 1in which the signal analyzer (102) is
operative to calculate a center of gravity position
function for a spectral representation of the signal
portion (122), wherein predetermined events in the
center of gravity position function indicate candidate
values for center frequencies of the plurality of band

pass filters, and

in which the band pass estimator (106) is operative to
determine the center frequencies based on the
candidate values (124).

7. Apparatus in accordance with any one of claims 1 to 6,
in which the signal analyzer (102) 1is operative to
calculate a center of gravity position value for a
band.

8. Apparatus in accordance with any one of claims 1 to 7,

in which the signal analyzer (102) is operative to add



in which the signal analyzer (102) is operative to
addnegati ve power values of a first half of a band and
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band to obtain a center of 4¢ravity position raw val ue,
wherein the center of gravity position raw val ues are
snoot hed over tinme to obtain a snoothed center of

ravit kfL.O e n rei n.t he, ban as

?i I terxg ??%%o&o@ﬁg)v?gu%%\é\?gt iaveffﬁsﬁe?’éﬂmpn%gt Re Pand and
f r equeaddesgofPostirtol wF opovags wiludwe spct hedcoendt eialf of a
of gr apmi shikqQnval ver i : atus_in

Sccor dend BORLbLATnY Bl UER AT bE ety BV A Sal value,
the bafehade EBEi @GRy 6)IFavhperpepitipp raw values are

det er nsmeothedi iywsmatdiaRr otot o€ era f LRGYEARH Okenter of
t he band vvigth of.%\ge banﬁ gass filters SO that a

spect rhT ¥+ o¥h BOPbWEPRsYarHvaPld to a higher end

value is covered without a spectral hole, where the

| ower . yal an e higher c.end val ue _conpri ses ,
| eadt St e 7 bR, Brdact cRafel: pEStigator (106) is
Appar RR@r3abhldecot@ancitetprming ai the , Brequéhcién of zero

whi ch ¢hes Hangs Pags ol | SRLQEnEL0RL it LORSE @ EggiEg position
determ the inforpmation such that the freqdency of
zero cY%ﬁ%‘?%g%v%ﬁfeth‘Bﬁ'rfi ed in such a way that an

approxi mat el y equal band pass center frequency spacing

yth erceptual scal e _results, ere a ,
\gél'st aglgg&%g%%%n rﬁeaﬁ:é%tfd%é]scse cé’r’fttg’r ?P@qu‘éﬁ@iré%e amfeceding
f r equedicd ig8s of izrer ghécbsstimgs band pewsterestigaawvirt y(106) is
pOSi“dﬁbféﬁ¥4éoeo'%é?é#ﬁ?&gﬁkhélia@%?ﬁ%%&%ﬁ'5% the center

accordance with one of the Erece in arns, 1 n Wi

t he WG eSEi MRCorPAA0Y 118D 0pér dilievoand erapsactfilters
a bantgashati gaalsgdaypime fad OaSiigiad r USitRG+a hafde to a

pass t 1 ned b he i.nformation on the center

P r QiR O SHE. YAPSEra ofBRt ERe MBARAUE 2 Sbectral hole,
where the lower start value and the higher end value
comprises at least five band pass filter bandwidths.

10. Apparatus in accordance with claim 1, 8 or 9, in which
the band pass estimator (106) is operative to
determine the information such that the frequency of
zero crossings are modified in such a way that an
approximately equal band pass center frequency spacing
with respect to a perceptual scale results, where a
distance between the band pass center frequencies and
frequencies of zero crossings in a center of gravity
position function is minimized.

11. Apparatus in accordance with one of the preceding
claims, in which the modulation estimator (110) is
operative to extract a band pass signal from the audio
signal using a band pass determined by the information
on the center frequency or the information on the band
width of a band pass filter for the band pass signal
as provide by the band pass estimator (106).
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wi dth of a band pass filter for the band pass signal
as provide by the band pass estimtor (106) .12.

wo\ppansus i n accordance with one of the precerdCT§P2009/001707

clainms, in which the nodul @i on estimtor (110) is

operative to downm x (11Gd) a band pass signal with a

carrier having the center frequency of the respective

band pass to obtain information on the frequency

nodul ati on or phase nodul ation in the band of the band

pbds fApparatus. ppacatusianceacedtdanosewi 6f aftee ofpreceding
the pr Ia| n & a .
estlﬁa %%O ebaf%@% ?1 g?ﬁﬁgﬁla%alypaggf (110) is
S|gmm°quﬁﬁ$V%ft9 ﬁaﬁﬂmpéde%Q$hﬂafhﬁndhpabandlpasé with a

and1lbé¥&£é&a$§vﬂnﬁaﬁﬁbt%@%ﬂg}tfﬁ%éﬁ@ﬂd§'8§ltﬁng@spectlve

to obtain., information on the anplltude nmodul ati on
the adtA®f siRART itP t 1Y Lr@ataiil pys mhqeyfrequency
14.IWﬂdﬂnﬂaﬁlanWErﬁhmgeamoduﬁaﬂlshgmﬁ|th@tﬁaﬁd of the band

par a & resentation, conprising: analyzing
(102?%%ﬁ%%?$g%%'%T the audi o signal to obtain an

anal ysis result (104); estimating (106) informtion

(2148) AH é%éﬂ&gaHJtya@EoQ@ﬁgc%asﬁl£hlt§ﬁ§ Qﬁ?eqj&p %Q%ceding

anal ysis result (104), wherein e | nformation .
pl ur alcilt%/mb?' baRd Whkehf ifheer BodyAptiions ?ﬁtbmﬁﬁt)ron(llo) is

on a fdddrert iskeapeof Ofoﬁrﬁleahorélh@ny@icéhe AWHLD Sigrdby) of a

ther g AP BANC YLD o 2 e baes U ITer e icutare 2
cent emafgreduedecy off t hehbandapabgticaler ;sapialat ivdd obtain
(110) sq/F AmRdd ftdrde, godyl at%n%’lﬂucf%fﬁlggﬂﬁng on af the audio

nodul at1 on or a phase nod r-eac

pl ur alSitgpads lbhﬁdvepmer i9% efle floand Heaporfibhevf the

audlo signal using the information (108) on the
ural and pass filters; andtransmtting, .
or| %&Qim) ynﬁf?ﬁﬁfﬁl?%foﬁﬁhtlﬁHg sighal into a

parameterlzed representation, comprising:

analyzing (102) a portion of the audio signal to
obtain an analysis result (104);

estimating (106) information (108) of a plurality of
band pass filters based on the analysis result (104),
wherein the information on the plurality of band pass
filters comprises information on a filter shape for
the portion of the audio signal, wherein the band
width of a band pass filter is different over an audio
spectrum and depends on the center frequency of the
band pass filter;

estimating (110) an amplitude modulation or a
frequency modulation or a phase modulation for each
band of the plurality of band pass filters for the
portion of the audio signal using the information
(108) on the plurality of band pass filters; and
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on the anplitude nodul ati on, information on the
frequency nodul ati on or phase nodul ati on or the

w0 njoonneti on on the plurality of band pass fi | P€r/BP100%/001707

the portion of the audio signal. 15. Apparatus for
nodi fying a paraneterized representation having, for a
time portion of an audio signal, band pass filter

infornation.f%h a pIU{aILté of bang.fass filte s,,tge )
band paELSILEN S nt BFRELEn IndPRAt FHY"Pi ne- 1A yi RGO mation
band pass tthd t eampEkitedef r agdedaitésnef harmftbp@stsion on the

filte [ b ' i.ch nd _o and
pass ? %Ieiagl\rélnc nt %ﬁr{!é%%g%éym% tﬁggg %r r (?sogaouﬁlqﬁq;nlgorban%r the
pass finifogratignd dmviing phprality oddideatd gres Hhhsers for

modul 2hi0R o iidredente MR Atd Qhd nformation for
each band pass filter for the tine portion of the
audi o signal, the nodul ation information being rel ated

llﬁ .t hAppaliIaQﬁlsf IfRGU e 16y iafg tﬂ?@ﬁtﬁiﬁgﬁz?dﬂ t@pBesentation
the apparatus conprising:. a ifier or .

o § JERGEHe $0acy arThoSRERERP PeqionEPESoors jgal, band
nodi f peeg tiiel el infdemabdohatfican arpphastinpduwfatband pass
or fr?fqt:}ﬂgg‘i% modpl apbag ol "?MQQraqqlffo%]ma%%rb?Layﬁggcating

a nodi f paranet eri zed “representati on, '
band GiBenyasyinge Pand Rass f ELLEPS depririr of nelmaiencies of

band passg idasters Cord©4 hieUNgNBRAA fidth®, which depend on
correspondi ng band pass_fjlters. 16. Apparatus in

accor BancR2Wft h RASF m 1B 159F whishiHe nmbdiedusnieopt  the
i S opevatregpohdimydidandl pasar fidteksequenrcitasviryy amplitude
mul tipli ' Wi _t h can .Ct or_or onl )

changtRySTaragres L sheid NG AR o ot glindy modutation
changénfhempéyompdeonf eaqhi ebandf pasd c fidomre. for the time

Mj Or pLetALROr BF Vi EReVergadid’. éﬁﬁﬁ£§$us tRe modulation
accordance with claim15 or 16, in i ch )
information being related to the center frequencies of

the band pass filters, the apparatus comprising:

a modifier (160) for modifying the time varying center
frequencies or for modifying the amplitude modulation
or phase modulation or frequency modulation
information and for generating a modified
parameterized representation, in which the band widths
of the band pass filters depend on the band pass
filter center frequencies of the corresponding band
pass filters.

16. Apparatus in accordance with claim 15, in which the
modifier (160) 1is operative to modify all carrier
frequencies by multiplication with a constant factor
or by only changing selected carrier frequencies in
order to change the key mode of a piece of music from

e.g. major to minor or vice versa.

17. Apparatus in accordance with claim 15 or 16, in which
the modifier (160) is operative to modify the
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the nodifier (160) is operative to nodify theanplitude
nodul ation information or the phase nodul ation

w0 pdoonneti on or the frequency nodul ati on i nf or PEL/ER2009Y01707

a non-linear deconposition4into a coarse structure and
a fine structure and by only nodi fying either the
coarse structure or the fine structure. 18. Apparatus

in acc i th iml7, i ich the inf '

o 1 PO IR0 | o TEFUIAT VR 1 o WHREITAR A polynoriiy  phase
fit basebthlartisorn arigeio e tyiom alr f wiet | dreguebrniay modulation
repr eSents hflg P! 'rg)gdea ”Px‘?&%@ii{?ﬁak”f 85%&@8@1&%% into a
phase “nmodul ation i nfornmation or the frequency

nmodul adagse nborretivee ushdg eodfiffiei shrycityre hand by only

target, AN ale3 thkY: ApRar abHssbor sPPAEE¥k8Y @& the fine
paraneteri Zed Trepresentation having, for a tine

porti GtI¥Cta¥Sudi o signal, band pass filter
information for a plurality of band pass filters, the

d pass filter.information indicati timezvaryin
B@?Td @rﬁql{serlgerﬁcecrm# €"’en‘é'ilg o?qgaolé%g?gassln Which the
filterinflranmatg dambai fids, (WbDthidepprdatnva bandalculate a
pass fjlt enteg.fr y..0f _t j a :
ace Ao G o S ol ST ook of LaRaagnetion
modul &nichrt DrrepeepRMeytAddamal i bHAPneAaeitdRf gnformation,

each hapd passd i kRtulfaridhe itd it idion &f the  frequency
audi o _signal,, the nodul ation information E%Ln r Iat%d

Lo t nEQEHAN 4T eHOHTBRL 7" { heShAR BASEIAFREQES, for the
t he appargdtupclompmsahyg: nodi fying (160) the tine

varying center frequencies or for nodifying the

anplitude nodul ation or phase nodul ation or frequency

fdtul Arp@Tatforier inedbhvingr ageaspactagizefodiepiregentation

par amgfffiigLd £FEPr @Seimd i pBrtiidnMd £hahhenang ¥ighhs, band
of the band_ pass filters depend_on the _band .pass
filtePasht bt tPBqdaforBatdrn pfor a plurality of band pass

filters, the band pass filter information indicating
time-varying band pass filter center frequencies of
band pass filters having band widths, which depend on
a band pass filter center frequency of the
corresponding band pass filters, and having amplitude
modulation or phase modulation or fregquency modulation
information for each band pass filter for the time
portion of the audio signal, the modulation
information being related to the center frequencies of
the band pass filters, the apparatus comprising:

modifying (160) the time varying center frequencies or
for modifying the amplitude modulation or phase
modulation or frequency modulation information and for
generating a modified parameterized representation, in
which the band widths of the band pass filters depend
on the band pass filter center frequencies of the

corresponding band pass filters.
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correspondi ng band pass filters.20. Apparatus for
synthesi zing a paraneteri zed representation of an

wae@bairignal conprising a tinme portion of an BOTER2009/001707

signal, band pass filter id8ormation for a plurality
of band pass filters, the band pass filter information
i ndicating tinme-varying band pass filter center

nci es,of band pass fjlt.ers g vq;yin

equ havi .

dthg?pﬁﬁﬁ&ﬁsdepeggron a DA ﬁﬁ%x;ﬂqnter cen?%?égﬂeterlzed
frequeapyesenthtiocor refpendi agdbangigasd feomprisand a time
havi n lLtu nmodul ati,on: or nmod hon :
fre%%ﬁgggr%dgldogﬁi O%Hi nf%‘?@rﬁa(?i p%qg%r%léach%ﬁgnd p[)%;sss filter
filteinformahéoni meTpcr tPbardtitnecfuliedsinpRg filters, the

conpr ,ghAY:pAdks arph kbwdel fibshthat i om Syatikesiizey €204)varying
for synthesizing an anglltude nndglatlon conponent
basedP8Rdt hB2afpl £t 4HE moBGPEETF on FﬁﬂBFHﬁﬂFSn;Og band  pass

;requﬁmQXtelﬂ‘edWa&ﬁir@’l i r pivag ebandulvaticas , switikgsidepend on a
or synthesi zi ng.i,nstant ane f a .

inforﬁﬁ?goﬁaﬁgsg&l&ﬁxiEﬁgﬂﬁﬁgﬁﬁ%%ﬁgﬁﬁggxapcgﬁgié?rresPondlng
frequbaoy g fikyeencypndochadeinonampléinaei srpdwkatgion or
reSpegh'aégj R, ¥4 G &y merﬂ:é‘qlgé_é?n%%%dl%t;ir&ﬂuﬁﬂﬁ?érmation

bet we acent carrier frequéencies are di er ent

over &okr egedndpnsharasenfihReBsEPK| &6 YMB)PeHyion of the
gener ahigis @R gaulipUicowigialidgpr esenting an

i nst ant aneousl'y anplitude nodul ated, frequency

nodul at ed or phase nodul ated oscillation signal (204)

for eamh banglpassefi| medudb&noel ; aydthesdmirner (201) for

(205) ¢ %Eh%%q?HWJKhﬁi%&ﬂf&ﬂuagn%Q&u?é@goﬁmﬁbﬂﬂéﬁéﬂt based

channéls —an or “generat | n%f an audj o_out put signal

(206) obasbe @mpliid usiey MARIFatoAT He TR PR/ fil ter

channel s. 21. Apparatus in accordance with claim20, in

whi ch t [ [ [

ConprPS%;e@Q@HJQ“%%JE%%ﬂf%A‘%}‘%ﬁﬁggsﬁégﬁléggé% synthesizer
for synthesizing instantaneous frequency of phase
information based on the information on a carrier
frequency and a frequency modulation information for a

respective band width,

wherein distances in frequency between adjacent
carrier frequencies are different over a frequency

spectrum,

an oscillator (203) for generating an output signal
representing an instantaneously amplitude modulated,
frequency modulated or phase modulated oscillation
signal (204) for each band pass filter channel; and

a combiner (205) for combining signals from the band
pass filter channels and for generating an audio
output signal (206) pased on the signals from the band

pass filter channels.
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an overlap adder (20l1a) for overlapping and wei ghted
addi ng subsequent bl ocks of anplitude nodul ati on

WO pdoonn2ti on to obtain the anplitude nodul ati oPCT/EP2009/001707
conmponent; or in which the4frequency nodul ati on or
phase nodul ati on synt hesi zer (202) conprises and
over | ap- adder for wei ghted addi ng two subsequent

bl ockg 0 (LEGQUaNEYMBAULILEAN HPNasEAOGY ALEAN unich the
£t or g ron-or a conbined representation of the

f r equampyikvdel modea aitdosr PatitdYe et he2 Gl r¢@pprises;
frequency for a band pass signal to obtain the

synt hesi zed frequency infaormation. 22. Apparatus i ,
accor dBn&¥ AP cRAFRF 242017 Jwnf h PH@rﬂPgé’&é‘ﬁcf‘“{] weighted

nmodul gli9Rgor utasenEtl abieoksynolfesiangsl (0% modulation

conpri ses an_i.ntegrator 02b) faqr_integrating the .
synthéggfﬁﬂaFﬁg&uen 9 iréé%?ﬁﬁionrghd ?%P%éaagﬁg, pgdulation
t he synmpesieneéd brequency information, a phase term

(202d, 202c) derived froma phase of a conponent in

spectral vicinity froma previous _bl ock of an output .

si gnalinothilgd ddig | frearepopanodudatighy AatRRase modulation

?ggg;g§ﬂﬁﬁe§ﬁkarc!g@@&azg%ﬁhgﬁﬂéébEJ%?@SCéﬁéﬂlﬁpfadd?r for
IS a Sl nusqQldal OSCI at or e Yy ase Sl gpa

obt ai H@&gﬁfre{dheagﬂa?ﬂg OpRr a1 TS bﬁ‘%ﬂ‘.s ot “fequency
Appar abdsliamiancordangshasé h mbduda23pni n wficoimatiieon or a
osci |l | at or. 03 j .a_nmodul f .
modul SETRG"SA ol SEPSehEERiBay o WY EEdibrcY modulation
osci | Laformasgiing tans! dppt | cateiabdiraauencyorffdhehtband pass

for theysRand. 25, Appatatiks | NtRecor danaheditdesL! ai frequenc
20, w%e?ein t he anplitudé nodul ati on synt hesi zer (201) Y
conpr L8&QTHRGIIOS -adder (16CF) for adding noise, the

noi se adder being controlled via transmtted side

igr |f8(r: tpia%g’tu%ei{]rg faic)c(:%qcld%nsc%t vg{tl?eicq%i?noné{,ol li%d vm/ich the
frequency modulation or phase modulation synthesizer
(202) comprises an integrator (202b) for integrating
the synthesized frequency information and for adding,
to the synthesized frequency information, a phase term
(202d, 202c) derived from a phase of a component in
spectral vicinity from a previous block of an output

signal of the oscillator (203).

23. Apparatus in accordance with claim 22, in which the
oscillator (203) is a sinusoidal oscillator fed by a
phase signal obtained by the adding operation (202c).

24. Apparatus in accordance with claim 23, in which the
oscillator (203) comprises a modulator (203b) for
modulating an output signal of the sinusoidal
oscillator using the amplitude modulation component
for the band.

25. Apparatus in accordance with claim 20, wherein the
amplitude modulation synthesizer (201) comprises a
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anal ysis. 26. Method of synthesizing a paraneterized
representation of an audi o signal conprising a tine

w@eowileizinof an audi o signal, band pass filter PCT/EP2009/001707

information for a pluralityoof band pass filters, the
band pass filter information indicating tinme-varying
band pass filter center frequencies of band pass

filters.having, varyi a de d
band PRASe s F Lk pes Pr RS g PRESL O RERS R e acder
band paisgfibbetroamddhavnag anpnsmmuéedndandeuonnﬁermatlon,

phasey, ggﬂg g&gedﬁy @euwyﬁ%a@&udﬁ&wwna local

for ea ass ter for i me portion of

audi oasRg¥aLs-conpri si ng: synthesi zing (201) an
anpl i tude nodul ati on conponent based on the anplitude
nmodul ati on i nformation; ¥nthesizin

202 |
Phst aMeaheduL s r iRty o n%hﬁs@ﬁﬁ#ﬁéﬁﬁﬁ#%ﬁgbﬁ%@ﬂeﬁﬁntatlon
the i Bforart a@giion @@mll eonpraguencyaand e f pegténoy of an

modul gl | ALARTRL! OB har asgSp?.CLtllcgg b‘:’i‘Hgthng'fqon for a

S requenc Ween adj ace
carri edufredqencdesband @BﬁﬁmﬁﬂﬂtQN%w bhﬁr@@mﬂuﬁﬁss filter

spect L Wi, 4RI | Na{ 2081 n@N tAdHa ry)iGAl band pass filter

representlng an 1 nstantaneously anplitude nodul ate

f r equERES eFp dTCAER Bre itds Lt a2 df bsEFF s a’P?’l‘Sﬁng varying
si gnabah&%v)ldft%rs ,Lag dandbass dn |4 esandapases ; fabder center
conbl % Q gpals fraoamthe and filter

chann H% “or % Eg?atﬁﬁf%ﬁ$?§(fqgcm$3 pass”filter, and
s!gnah@?ﬁﬁp bampdlondehemsdghatSOﬁrGwrtméﬁbﬁndmpégéatlon or
fil terfr%gﬁﬂ%rﬁ@ys modd1aPabAMEL # Sri £ SRRt | Qé‘cfuorbafmj pass

audi o "§i aramefric representation bein
rel at éd1tera frie gb?t i ohef RAF kR 0 & gi&re, gaAdo signal,

pass folb®ising:

synthesizing (201) an amplitude modulation component

based on the amplitude modulation information;

synthesizing (202) instantaneous frequency or phase
information based on the information on a carrier
frequency and a frequency modulation information for a

respective band width,

wherein distances in frequency between adjacent
carrier frequencies are different over a frequency

spectrun,

generating (203) an output signal representing an
instantaneously amplitude modulated, frequency
modulated or phase modulated oscillation signal (204)
for each band pass filter channel; and

combining (205) signals from the band pass filter

channels and for generating an audio output signal



10

15

20

information for a plurality of band pass filters, the
band pass filter information indicating tine-varying

whanwd/1pRss filter center frequencies of band pBGEEP2009/001707

filters having varying bandtw dths, which depend on a
band pass filter center frequency of the correspondi ng
band pass filter, and having anplitude nodul ati on or

phase(@WWjaEbgado%Jréﬂgeggé gggmfydﬂnkﬁ$lonngpé%%§ filter

for each band pass filter e tine por
audi o SHeRELsS28. Conputer pfogram for perforning,
when running on a conputer, a nethod in accordance

fr](%aramééflég.égpgg%entatlon for an audio signal, the
parametric representation being related to a time
portion of an audio signal,' band pass filter
information for a plurality of band pass filters, the
band pass filter information indicating time-varying
band pass filter center frequencies of band pass
filters having varying band widths, which depend on a
band pass filter center frequency of the corresponding
band pass filter, and having amplitude modulation or
phase modulation or frequency modulation information
for each band pass filter for the time portion of the
audio signal.

28. Computer program for performing, when running on a
computer, a method in accordance with claim 14, 19 or
26.



