WO 2009/115211PCT/EP2009/001707 Apparatus and Method for Converting an Audio Signal into a
Parameterized Representation, Apparatus and Method for Modifying A Parameterized
Representation, Apparatus and 5 Method for Synthesizing a Parameterized Representation of an
Audio Signal¥spetificatfdh 10 The present invention is related to audio co8fngRer A% Ericular, to
parameterized audio coding schemes, which are applied in vocoders. 15 One class of vocoders is
phase vocoders. A tutorial on phase vocoders is the publication "The Phase Vocoder: A tutorial”, Mark
Dolson, Computer Music Journal, Volume 10, No. 4, pages 14 to 27, 1986. An additional publication is

“New phase voggger mqumaasfmgcz&r@i@mg "R HbesTlinCleqly - Laroche
and M. Dolson, proceedln%1999 EEE worksh §§Qh app ications o0 S|gna processin 0 aldio and

acoustics, New Paft?= {SEEFERRR : flustrate
different mpleme%ﬂéﬁ’ym @&W#%M@W@@Hu%@ﬁ&r@k
implementation efexhbas€vecagertiewhichnan auio-sigeebisNievidrart aieinput 508, a2d Where, at
an output 510, a synthesized audio signal is Qgt@_gg_dm:%%jﬁegﬂically, 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 35 output of the combiner 503, the output signal 510 is obtained. WO
2009/115211PCPEP2009/001707 2 Each filtegp£diis imgpteisanted to provide, on the one hand, an
amplitudqgignal A(t), and on the other hand, the frequency signal f(t). The amplitude signal and the
frequency signa) are time signals. The amp litude signal illustrates a development of the amplitude
within a filter ba%lr{lc? OVET T éqgn&fhveﬁgd' ency s %é]rﬂﬁ%ﬂ?at'é% R H&GelG5ERE0rRE fregliency of a
filter output sigRAITVEF 4RI 10 ¥Ss sEﬁéﬁf&%‘éﬁmb@ﬁerﬂ&ﬁd@of%PFﬂié‘r%O&@ﬁra%ﬁateuhn@Pg 6. The
incoming signahiseroated ita tvio pasaltelpaths. In one path, the signal is multiplied by a sign wave
with an amplitude of 1.0 and a frequency equal to the center frequency of the band pass filter as
|IIustrate(1 t 15 551 Ir}Lthe otheg pathééh eJ:ltgnal IS mgltlglled %g&osme wave of the, s§m%gmplitude

ers
and frequency aa® tutoria
phase vocoders 1is the publication “The Phase Vocoder: A

tutorial”, Mark Dolson, Computer Music Journal, Volume 10,
No. 4, pages 14 to 27, 1986. An additional publication is
“New phase vocoder techniques for pitch-shifting,
20 harmonizing and other exotic effects”, L. Laroche and M.
Dolson, proceedings 1999, IEEE workshop on applications of
signal processing to audic and acoustics, New Paltz, New
York, October 17 to 20, 19%9, pages 91 to 94. |

25 Figs. 5 to 6 illustrate 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, & synthesized audio signal is obtained.

30 Specifically, each channel of the filter bank iliustrated
in Fig. 5 comprises a band pass filter 501 and a
subsequently connected oscillator 502. Output signals of
all oscillateors 502 from all channels are combined via a
combiner 503, which is 1illustrated as an adder. At the

35 ouﬁput of the combiner 3503, the output signal 510 is
obtained.



illustrated at 551. Thus, the two parallel paths are identical except for the phase of the multiplying
wave form. Then, in each path, the result of the multiplication 20 is fed into a low pass filter 553. The
multiplication operation itself is also known as a simple ring modulation. Multiplying any signal by a
sine (or cosirté§ WEdd 5 onstant frequency has the effect of simultaneoud¥y SRRHHE %4 e frequency
components in the original 25 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 low frequency portion will remain.

This sequence gf operatipns is alsp lg_rgovg&\n §Qgé%rgg¥ni@g. is _heterodyning is performed,in each of
the 30 two parallel paths, but since gne patf% heterodynes Wiépe? \srl'heev(/a\c/;é whife ﬁ]%eot%%?%ath uses

a cosine wave, He réZHting HeterotyABa Sighdit in théfo iths Er& out'oh phaseasnfeo. Fhe upper
low pass filter 55Bethegafare, Frovives a §uadrate Sigmal 554 ant whie loweiditel 553135 proriles an
in-phase signal fFbese ik sighalsawhigh arewalse knovynas § andrQssignals; arg derwardgd.into a
coordinate gransform hich erates a W 9/115211PCT/E1'20Q9/001707,
magnitude/éphasie%gr%s%%%ﬁ)n%‘rocr%%eir%é%%%ﬁIa%ﬁ%?ééeﬁ%??%ﬁ??#g a‘f"nlpt%’uléle gig 3 igeﬁjtput at

557 and corresp8Rds (A IR FRPS. TR phaseRiGhals ifbabmto 4 phESE tRtRREpPErS5S. At
the output of elsieeat 5582hdrecdods motiedstue phase Vakuefistieendiand S68ikutzl pbase value,
which increases i@ linear way. This "unwrapped" phase value is input into a phase/frequency
converter 559 which 10 may, for example, be implemented as a phase-differencedevice which
subtracts a phase at a preceding time instant from phase at a current time instant in order to obtain the

frequency-Yalué*for IO THATHT tiffERASTARE (AT RIS Rfquenty Vakke i8&Hdad td hlckstattefequency

value f, of the fiker Eignned i, iflveddmowbiain ssthgeadaryingfreguency vahietatcarpautplit 560. The

frequency valueatthe. outpubhE0hasts DEhpOKiof{a 20 and:: thapaingPastjon, WhigH igalso known

as the "frequengy flyjctuation,. by;which a cHrrentdrequency ofthe signal in the filter channel deviates

from the center freq';uenc% figrg 'I;r\%gsc,g%he%%azle goc%ggr ags illég'ﬁi‘é%dqﬁyﬁg?%ugn?d F%) . Grngraides a
€

separation of sPEatrAl infohfgHSR &hd Wime Mot rPaRs shbtirgFinfotmbtiohss E8RRRisaH in the
location o¥the spekific Fier ek eftderiel @Efdguehdefi, abarhd tire inforkdtiohiisdn the frequency
30 fluctuation andsntee magritude ovetlime. Anatheragstiiptier of iedphaseaqradey is the Fourier

illustrated at 551. Thus, the two parallel paths are
identical except for the phase of the multiplying wave
form. Then, in each path, the result of the multiplication
20 is fed into a low pass filter 553. 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
25 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 low frequency portion will
remain. This sequence of operations is also known as
heterodyning. This heterodyning is performed in each of the
30 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
35 provides an in-phase signal. These two signals, which are
alse known as I and Q signals, are forwarded into a
coordinate transformer 556, which generates a



transform interpretation. It consists of a succession of overlapping Fourier transforms taken over
finite-duration 35 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 iftA@®iét3ank WO 2009/115211PCT/EP2009/001707 4 intefjreratisviotie’re-synthesis
can be seen as a classic example of additive syntfesis with time varying amplitude and frequency
controls for each oscillator, the synthesis, in the Fourier implementation, is accomplished by 5

converting bac@ggggkgg@-}wgg@r.y fq:r é‘QQ & vgglgf{)-addin% ;he suc%%ssive inve%%e8 E%.ﬂ%er

transforms. In the Fourier intérpretation, the number o fiter banda in thé p%asejil% ® number
of frequency poft& T R EBTAE ransform. Similarly, the equal spacing in 10 frequency of the
individual filters can be recognized as the fundamental feature of the Fourier transform. On the other

gand, the shspe:ﬁétharﬁaiﬂ@aaa b%a.@slfai-p-,i@e @tf@ﬁﬁessa%f t'g%vlutgﬁcﬁt Qberlbel%&%ﬁs % f
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For a parti(iSular%Egrgc?e?r%{Llcrfh\gbe,ge'.g.H‘, %n?n%lﬁl%ewiﬁé n?[llhelsﬁeéﬁﬂjeusg of B filfer RURSE
increases in diré‘&‘ﬁ@BBﬁﬁn%ethe%ﬁrétm SHthBWin@dwesemertusehl téaesehdome thetdifferent
interpretations ¢fthe phasehssederanady sisappigronly writie bipfementatiorphkthe bankuef,band
pass filters. Thesapesatiam by yeiel theroutputs afdhese,filter aﬁprlg@rew%g@gnv [a{o
amplitudes and‘;ga]gggn ies | 25 e for hoth implementations. The basic goal of the phase
vocoder is to separate té(‘tr%pé?i |nf05rlrr§§;§)n£fro§r% é%éé#gﬁﬂ}loerrr}r%ioﬁ??ﬁg %%%Fa;%%gst% é& is to
divide the’dgnafive a ABMbEFEFETSoralfandSRhES EHarachtize thehmsevaiifg sRiFRe in each
band. 30 Two bdsicicperatided arparticakslysigriiicant athesepoperatibng ated timeiseadingtand pitch
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15 This frequency value is added to a constant frequency value
f; of the filter channel i, in order to obtain a time-
varying frequency value at an output 560.

The frequency value at the output 560 has a DC portion f;

20 and a -changing portion, which 1s also known as the
“frequency fluctuation”, by which a current frequency of
the signal in the filter channel deviates from the center
frequency £f;.

25 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 freguency
£, and the time information is in the frequency

30 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
35 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 freguency bins at the
single point in time. While in the filter Dbank



lowers the pitch by the same factor as the time expansion. Slowing down the temporal evolution of a
sound without WO 2009/115211PCT/EP2009/001707 altering its pitch requires an explicit separation
of temporal and spectral information. As noted above, this is precisely what the phase vocoder
attempts to d@OSIHAERIAY out the time-varying amplitude and frequency sRFEFALY/ B &N (t) to Fig.
5a does not change the frequency of the individuar oscillators at all, but it does slow down the temporal
evolution of the composite sound. The result is a time-expanded sound with the original pitch. The
Fourier transforrf \éigw of tj:m% scaling is so that, in order,to 10 time-expand a sound, the inverse FFTs

can simply be spaced further apart than thé and A FETS. ASH rESUIS EFEAT cRarfgedS6d&r more
slowly in the syfa8Re8 sBind it ivihe DYRRE i this aplickiivg, dmirmenshasens resealed by
precisely the saamaifatierdnewbichdbrisonhsl iS beingalh timeeiargies, ThaoOthgmapRlication is pitch

transposition. Singe the,haseyeeeder canhe used o, ehnge the tlemporal cvolytion gf a gound
without ch@ginggtsvpitgch., it sh%uld also be 20 possible to do.the reverse, i.e., to change the?f)itch

without chahging the durafién. RcNs é"'lﬁjer‘r& ne B timé> 9 pit e e Ring S8unfE Hakdeat the
wrong to down-38fRS by-& Ye SHEF R tdvan 017D BlERanbed s Forerafplaso raise thiesto
sample rate Or Playbaek at nterpretation, the number of filter bands in the

phase vocoder is the number of frequency points in the
Fourier transform. Similarly, the equal spacing in

10 freguency of the individual filters can be recognized as
the fundamental feature of the Fourier transform. On the
other hand, the shape of the filter pass bands, i.e., the
steepness of the cutoff at the band edges is determined by
the shape of the window function which is applied prior to

15 calculating the transform. For a particular characteristic
shape, e.g., Hamming window, the steepness of the filter
cutoff increases in direct proportion to the duration of
the window.

20 It is useful to see that the two different interpretations
of the phase vocoder analysis apply only to the
implementation of the bank of band pass filters. The
operation by which the outputs of these filter are
expressed as time-varying amplitudes and frequencies is the

25 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.

30
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

35 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



pitch by an a factor of octave, the sound is first time-expanded by2 and the_time-expansion is then
played at twice the original sample rate. 30 The vocoder (or WODER') was mvented. by Dudle_y asa
manually operated synthesizer device for generating human speech [2]. Some considerable time later
the principle ¥t36peraEtidn was extended towards the so-called phase vOYSHEFIBIPANTTHe ph_ase _
vocoder operates on overlapping 35 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 au I or instance,.audio effects like WO 2009/115211PCT/EP2009/001707
time-stretchingag%%ff?t?gnsaposing%%gcaﬁilf acdompliched by & §/8(i:L&§éTt[5] SERREFREAT G of
e

pora nd spectral information. As noted above, this is
precisely what the phase vocoder attempts to do. Stretching
out the time-varying amplitude and frequency signals A(t)
5. and f£(t} to Fig. 5a does not change the frequency of the
individual oscillators at all, but it does slow down the
temporal evolution of the composite sound. The result is a
time-expanded sound with the original pitch. The Fourier
transform view of time scaling is so that, in order to
10 time-expand a sound, the inverse FFTs can simply be spaced
' further.apart than the analysis FFTs. As a result, spectral
changes occur more slowly in the synthesized sound than in
the original in this application, and the phase is rescaled
by precisely the same factor by which the sound is being

15 time-expanded.

The other application is pitch transposition. Since the
phase vocoder can be used to change the temporal evolution
of a sound without changing its pitch, it should also be

20 possible to do the reverse, i.e., to change the pitch
without changing the duration. This is either done by time-
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

25 unchanged rate. For example, %o 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.

30 The wvocoder (or ‘VODER’) was invented by Dudiey 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]1{4]. The phase vocoder operates on overlapping

35 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



modifications and improvements to this technology have been published. Specifically the constraints of
having fixed 5 frequency analysis filters was dropped by adding a fundamental frequency ('f0") derived
mapping, for example in the 'STRAIGHT' vocoder [6]. Still, the prevalent use case remained to be
speech codinyfpEeEsid. 10 Another area of interest for the audio proce8SHBEest eIty has been
the decomposition of speech signals into modulatéd components. Each component consists of a
carrier, an amplitude modulation (AM) and a frequency modulation (FM) part of some sort. A signal

adaptive way of speh. ;,@xdee‘gg%%%itionawgs puBIis&qg e.gtipa[gfésgggﬁ%sting the use oé aas_sL%Yo; signal

adaptive band pass filters. In [8] ah approach that utilizes AM in drmatioft in combination \wi

s. In | .
'sinusoids plus PORYBariNERic Blertval Predsted [Rhothe? HREBmPdERn nfethed waSBublished
in [9] using the PO&CE Ealiddi FAMENStrdtmpgyoeree Bpee sl siinbis hanhbedrgiecbayodeddnto four
bands using bapgpassHiditers insdertocsubsequanily exiract:thenAM arxd FM ¢ontents Mast recent
publications al i reprodyci udio s m info ign (suk _band gnvelopes) alone
and sugge?t 2gfi)J:[:t;,\%r{'gSf\i\%é1 ﬁ%th%lé%?g(rgrggovefr%%a#%%gass%%llsatedﬁ @%&e é]fo?ﬁ’}}atioﬁ%v Ner 3

L. ated p -
predominantly CORERTEMEFRM A8 2Pprbath Pre titdd RerdliF RPRGating O 1R BRStERsing of
general audio signaishisenc8 RS FiRTUdimge8@deusic [k is sidiladfo a pitasevoevdéebut madified in

order to perforregsgigpak@aprideant psecepivalin mesiaiagd/sie bard gdegomposition into a set of sub
band carrier frequencies with associated AM and FM signals each. We like to point out that this

decomposition is perceptually 35 meaningful and that its elements are interpretable in a straight

forward wa, s6 B HHKIAGE B RotAforESiock.Singth ECEmBEREHE B e GRRBHIbbsHion
become feasiblea s \WE<DONE] SEIPECPER2009/001 PPREch signals into modulated

Toachievethegealstaiadakeve, weslyonthergsesvationtbatpeseaptuallysimilarsignalsaxist. An

sufficientlynarr%%ﬂ%%almgfgpali%ﬁ) and a frequency modulation (FM)

part of some sort. A signal adaptive way of such

15 decomposition was published e.g. in [7]} suggesting the use

of a set of signal adaptive band pass filters. In [B8] an

approach that utilizes AM information in combination with a

‘sinuscids plus noise’ parametric coder was presented.

Another decomposition method was published in [9] using the

20 so-called ‘FAME’ strategy: here, speech signals have been

decomposed into four bands using band pass filters in order

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

25 iterative methods for recovery of the associated phase
information which predominantly contains the FM [10].

Our approach presented herein is targeting at the
processing of general audio signals hence also including

30 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

35 meaningful and that its elements are interpretable in a
straight forward way, so that all kinds of modulation
processing on the components ©f the decomposition become
feasible.



perceptually wellrepresented byasinusoidalcarrierat itsspectral'centerof gravity'(COG)positionandits
Hilbertenvelope.Thisisrootedinthefactthatboth signalsapproximatelyevokethesamemovementofthe
basilar membrane in the human ear [11]. A simple example to 10 :
illustratethisis¥ieti0dbRdtomplex(1)with frequencies fl and f2 sufficientlyP§i8d@ &8¢ Gtherso
thattheyperceptuallyfuseintoone(over-)modulated ?:omponent 15 s, (0= sin (27r J;t)+ sin (22r ht)(1)

To achieve the goal stated above, we rely on the
observation that perceptually similar signals exist. &
sufficiently narrow-band tonal band pass signal is
5 perceptually well represented by a sinusoidal carrier at
its spectral ‘center of gravity’ (COG) position and its
Hilbert envelope. This 1is rooted in the fact that both
signals approximately evoke the same movement of the
basilar membrane in the human ear [11]. A simple example to

10 illustrate this is the two-tone complex (1) with
frequencies f; and f; sufficiently close to each other so
that they perceptually fuse into one (over-) modulated
component

15 s,(1)=sin (27 ft) +sin (27 f1) (1)

A signal consisting of a sinusoidal carrier at a frequency
equal to the spectral COG of s: and having the same
absolute amplitude envelope as s: is s, according to (2)

20

sm(’)=lsin(2w%flt} (2)

cos[br ]!'-;—f—zlt)

In Fig. 9b (top and middle plot) the time signal and the
Hilbert envelope of both signals are depicted. Note the

25 phase jump of x in the first signal at zeros of the
envelope as opposed to the second signal. Fig. 9%a displays
the power spectral density plots of the two signals (top
and middle plot).

30 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

35 centered at the CCG as depicted in Fig. 9a and Fig. 9b
(bottom plots). The same principle still holds true
approximately for more complicated signals.



A signal consisting of a sinusoidal carrier at a frequency
equaltothespectral COGofstandhavingthesame absolute amplitude envelope as st is sm according

to(2) 20 (() =fih -2It (2) sft,-l) 2 cos (2sr In Fig.9b(top and middle plot)the time signal and the
WO 2009/115211 PCT/EP2009/001707
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Generally, modulation analysis/synthesis systems that

decompose a wide-band signal into a set of components each

comprising carrier, amplitude modulation and frequency

5 modulation information have many degrees of freedom since,

in gerneral, this task is an ill-posed problem. Methods that

modify subband magnitude envelopes of complex audio spectra

and subsequently recombine them with their unmodified

phases for re-synthesis do result in artifacts, since these

10 procedures do not pay attention to the final receiver of
the sound, i.e., the human ear.

Furthermore, applying very long FFTs, i.e., very long
windows in order to obtain a fine frequency resolution

15 concurrently reduces the time resolution. On the other hand
transient signals would not regquire a high freguency
resolution, but would require a high time resolution,
since, at a certain time instant the band pass signals
exhibit strong mutual correlation, which is alsc known as

20 the “vertical coherence”. In this terminology, one imagines
a time~$pectrogram plot where in the horizontal axis, the
time wvariable is used and where in the vertical axis, the
frequency variable is used. Processing transient signals
with a very high frequency resolution will, therefore,

25 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.

30 The publication [22] discloses an analysis methodology for
’ extracting accurate sinuscoidal 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

35 frame, searches for peaks like a sinusoidal analysis model
but also dynamically selects vocoder channels through which
smeared peaks in the FFT domain are processed. This way,
frequency trajectories of sinusoids of changing frequency



Hilbertenvelopeofbothsignalsaredepicted.Notethe 25 phasejumpofginthefirstsignalatzerosofthe
envelope as opposed to the second signal.Fig.9a displays the powerspectraldensity plotsof thetwo
signals(top and middle plot). 30 Although these signals are considerably different in their
spectralconte®f8¥prEHAminantperceptualcues-the 'mean‘frequency rep?@é“él?ﬂ%ﬁﬁwmé’_COG,and
the amplitude envelope - are similar. This makes them perceptually mutual substitutes with respect to

a band-limited spectral region 35

within a frame may be accurately parameterized. In a
spectral parsing step, peaks and valleys in the magnitude
FET are identified. In a peak isolation, the spectrum is
set to zero outside the peak of interest and both the

5 positive and negative frequency versions of the peak are
retained. Then, the Hilbert transform of this spectrum is
calcuLated and, subsequently, the IFFT of the original and
the Hilbert transformed spectra are calculated to obtain
two time domain signals, which are 90° out of phase with

10 each other. The signals are used to get the analytic signal
used in vocoder analysis. Spurious peaks can be detected
and will later be modeled as noise or will be excluded from
the model.

15 Again, perceptual criteria such as a varying band width of
the human ear over the spectrum, i.e., such as small band
width in the lower part of the spectrum and higher band
width in the upper part of the spectrum are not accounted
for. Furthermore, a significant feature of the human ear is

20 that, as discussed in connection with Fig. %a, 9b and 9c¢
the human ear combines sinusoidal tones within a band width
corresponding to the critical band width of the human ear
$0 that a human being does not hear two stable tones having
a small frequency difference but perceives one tone having

25 a varying amplitude, where the fregquency of this tone is
pesitioned between the frequencies of the original tones.
This effect increases more and more when the critical band
width of the human ear increases,

30 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

35 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 & critical band around this different frequency



centeredattheCOGasdepictedinFig.9aandFig.9b (bottomplots).Thesameprinciplestillholdstrue
approximately for more complicated signals. WO 2009/115211PCT/EP20091001707 8 Generally,
modulation analysis/synthesis systems that decompose a wide-band signal into a set of components
each comprisky 2R dmplitude modulation and frequency 5 modulatioRGREFAEHNH Wave many
degrees of freedom since, in general, this task is Ah ill-posed problem. Methods that modify subband
magnitude envelopes of complex audio spectra and subsequently recombine them with their
unmodified phages fer4e-synibesiaae epdt-Beytifasts, sihnce é*?ﬁife Jﬁsprggg%rf.saq?angfi%y
attention to the g{;(%lkrqui%%r o£m:e so%r%%, i.%.é theplu:[r%%r;:ear Furthermore, applying vgry long FFTs,
i.e., very long windows in order to obtaiR & fine?requency r&ésoﬁ1 fon 85 c‘?)né?fr%htlf?é?ﬂ}b"e%lthe time
resolution. On thESRASLASR thansiéRt sitPidls WEAH SRR Yerivetd Arghdrejubauy nesotutibawbut
would require astpightinad resekdibntsione, at accertaimitirhe vstant thediand pass signalssudibit
strong mutgal cesretation, ¥ich ealsekpown as 20 the "vertical coherence”. In this terminology, one
imagines a time-spectrogram plot where in the horizontal axis, the time variable is used and where in

the vertical axis, the frequency variable is used. Processing transient signals with a very high
frequency resolBﬁoﬁﬁlil_lFﬁ%reCPBrfée,@S r@dultih e IRF EiRTRFesdRIIBALWAICh tat the suawetime means
an almost compisteriossdf theverical oahgrensmeAgainz theyulbiimatedeecivegabtheaseung, J.e., the

human ear is nok-ernsidaregl i sysh-amadsk;3Q he-aublicationd22bdisggsesan aoalysis, ,
methodolggy fog gxgr%ggg acgurate sinusoidal pargmeters from audio

This object is achieved by an apparatus for converting an
audio signal in accordance with claim 1, a method of
converting an audio signal in accordance with claim 14, an

15 apparatus for modifying a parameterized representation in
accordance with «claim 15, a method of modifying a
parameterized representation in accordance with claim 19,
an apparatus for synthesizing a parameterized
representation in accordance with claim 20, a method of

20 synthesizing a parameterized representation of an audio
signal in accordance with claim 26, a parameterized
representation for an audio signal in accordance with claim
27 or a computer program in accordance with claim 28.

25 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

30 to not calculate the data where the data is not regquired in
order to enhance efficiency.

The second advantage, however, is that, in the region,

where a high resolution is required, the necessary data is
35 calculated in order to enhance the guality of a

parameterized and, again, re-synthesized signal.



signals. The method combines modified vocoder parameter estimation with currently used peak
detection algorithms in sinusoidal modeling. The system processes input frame by 35 frame, searches
for peaks like a sinusoidal analysis model but also dynamically selects vocoder channels through
which smear8f’Fa%s R %he FFT domain are processed. This way, frequePel/ BB HEL of sinusoids
of changing frequency WO 2009/115211PCT/EP>009/001707 9 within a frame may be accurately
parameterized. In a spectral parsing step, peaks and valleys in the magnitude FFT are identified. In a

peak isolation, $ig.SpeiHIN iy askioneronuiieide the peak.pfinterast and haththe b positiye and -
negative frequency versmn; of the Eeak arEé retained. Then, the Hllbsggtrrﬂ%?sforg] of this spectrum is
calculated and,Fubs&48eRty, (hETEET T 1vé %Ir“lgih%f%‘ﬁ%lc%ﬁg Hifber rm&dSpettrdife

calculated to oBamLENG afhETomalm sigrials, Whithigeto00 Rk vk pHase it 20 tebich othndThe
signals are usegdp@epthe abalytickignaldiseckin, vocoder anadysis cSpurieus/pealss eag Hemdetected

and will latgr be,madeled as npise.onwjllpe gxdudgd figm the model. 15 Again, perceptual criteria

such as a varying band width of the human ear over the spectrum, i.e., such as small band width in the
lower part of the spectrum and higher band width in the upper part of the spectrum are not accounted
for. Furthermor&oa lgifificir featupd ontheBGRRhsH 8 20krat asodistlisseatid iconmegtied with Fig.
9a, 9b and 9c the hupwanreateembines sinussidal tores withie a baad width coresponding te the

critical band wigihafdhe {yman aatsedhata bumeniheing dossaakiisar g gragle Jongs paving a
small freg_’genc%glfference but perceives gne togg(oh? ving 25 a varylgg amplitude, where the frequency

of this tone'is p ﬁﬁ%ﬁéﬁ%et\ﬁg&?%e‘ freqBESCI origifiBfton88 " fitid B8t inRfeastl%more and
more when the R¥EREISENE MR T tHE BURTih ANIRERSHSesPBD FfERPAMOPE, thegasiidreng of the
critical bands inftheapeatyp s noheoristardplutss sighakdependent fibbas beer:fopnd et by

psychoacousticg{bahthehuman 686 varying bandpass-filter fregquencies and,

additiocnally, varying bandpass-filter bandwidths, so that,

15 for each perceptually correct bandpass signal, an amplitude

modulation and a frequency modulation together with a

current center frequency, which approximately is the

calculated bandpass center frequency are obtained,

Preferably, the frequency value of the center frequency in

20 a band represents the center of gravity (COG) of the energy

within this band in order to model the 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

25 bandpass filter may easily lie on a frequency value, where
a peak did not exist in the FFT spectrum.

The frequency modulation informaticn 1is obtained by down
mixing the band pass signal with the determined center
30 frequency. Thus, although the center freguency has been
determined with a2 low time resclution due to the FFT-based
(spectral-based) determination, the instantaneous time
information is saved in the freguency modulation. However,
the separation of the long~time variation into the carrier
35 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,



dynamically selects the center frequencies of the critical bands depending on the spectrum. _\Nhen, for
example, the 35 human ear perceives a loud tone, then a critical band is centered around thl_s loud
tone. When, later, a loud tone is perceived at a different frequency, then the human ear positions a
critical band ¥8ufePtHiE thfferent frequency WO 2009/1152HPCT/EP20080ULYBpY@$67that the
human perception not only is signal-adaptive overtfime but also has filters having a high spegtral _
resolution in the low frequency portion and having a low spectral resolution, i.e., high band width in the
upper 5 part of the spectrum. It is the object of the present invention to provide an i.mproved cc_)_nce_pt
for parameterizing an audjo signal and for processing a parameterized representation by modification

10 or synthesis. 18 objEEEis BERRYRY by AR HHphrRus for éGH@é’rﬁﬁgeé?Pﬁudidlsi@rﬁlﬁn &derdance
with claim 1, a rReth@itdfabnierting bihl il sigihaltin abeoreartoswitbelaim A machappasatus for
modifying a parpewetesizashiepjesesiationy uaccoriancs vt claingpls, aypethod of modifying a
parameterized tgpigsetaion in.aserdance yibidain 48, ap aparalisfor syntesizing 3
parameterized represe tation in accordance with claim 20, a method o o

~ shoul produce perceptually smooth results avoiding
undesired artifacts introduced by the limitations of the

modulation representation itself.

10 An other advantage of the present invention is that the
extracted carrier information alone already allows for a
coarse, but perceptually pleasant and representative
“sketch” reconstruction of the audio signal and any
successive application of AM and FM related information

15 should refine this representation towards full detail and
transparency, which means that the inventive concept allows
full scalability from a low scaling layer relying on the
“sketch” reconstruction using the extracted <carrier
information only, which is already perceptually pleasant,

20  until a high quality using additional higher scaling layers
having the AM and FM related information in increasing
accuracy/time resolution.

An advantage of the present invention is that it is highly
25 desirable for the development of new audioc 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
30 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 is
available, parametric coding schemes, such as CELP or ACELP
schemes are subjected to the limitations of the underlying
35 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



20 synthesizing a parameterized representation of an audio signal in accordance with claim 26, a
parameterized representation for an audio signal in accordance with claim 27 or a computer program
in accordance with claim 28. 25 The present invention is based on the finding that thevariable band
width of the ciicpatddican be advantageously utilized for different purg$S&SEF¢OBLTIAGOSE IS to
improve efficiency by utilizing the low resolution ofthe human ear. In this context, the present invention
seeks 30 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 35 calculated in order to enhance the quality of a parameterized and, again, re-synthesized
signal. WO 2009/115211PCT/EP2009/001707 11 The main advantage, however, is in the fact, that
this type of signat¥etehtsssifien provitiReld FRRURE it SiGRAR afiffSHSn i RidfailAvfstward,
intuitive and percdaptmaltycsidagted svagt eigtior dirbodperidiessiFReS Pstertiss lkesdigmess, pitch,
etc. To this end, gegigBakadaptive pnalysisraigheadudibgsignal is performed and, based on the analysis
results, a plurality of bandpass filters are estimated in a signal- 10 adaptive manner. Specifically, the

bandwidths %f thﬁﬁ}beangggg%ﬂiteﬁ%q]@%&oggtﬁft,gy.itﬁeeo_eggﬂn gyggg}}e%ggg%%ygf the

bandpass filter. Therefore, the %esemt |n\{’entloneall%wg vilarsgln]gog%%g iliter frequencies and,
additionally, varyRiGBAREDaS et B RTINS0 thal PRI Berceptually correct bandpass
signal, an amplitude modulation and a frequency modulation together with a current center frequency,
which approximately is the calculated bandpass center frequency are obtained. Preferably, the
frequency value efithaqestarifigquenc\ebad anbakd refresentpteseshteirofgrauiy (E6G) of the

energy withjp thig baggsgeerdanio mudeliherauman earasfanas pessibleatiusngdiequancy value of
a center frequen%gég:bandpass filter is not necessarily selected to be on a specific tone in the band,
but the center frequency of a 25 bandpass filter may easily lie on a frequency value, where a peak did

not exist in the FET spectrum, The frequency modulation inf(%r_matim} is obt%ilge by dgwnfmixing the
band pass signaFifth thé detbfnfinSFREMEH ¢ Fepresentation of an embociment o

an apparatus or method for converting an audio
15 . - signal:

Fig. 1b is a schematic representation of another
preferred embodiment;
.
20 Fig. 2a . is é' flow chart for illustrating a processing
bperaticn in the context of the Fig. 1la
embodiment;

Fig. 2b is a flow chart for illustrating the operation
25 ' 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
30 perceptual constraints;

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

35
Fig. 3a illustrates a schematic representation of an
" embodiment of a concept for modifying the
parameterized representation;

SUBSTITUTE SHEET (RULE 26}



30 frequency. 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 35 frequency
and the short¥ff&%4A2tdn into the frequency modulation information tog&HEERFRIP A AMmplitude
modulation allows the vocoder-like parameterizedl epresentation in a perceptually correct sense. WO
2009/115211PCT/EP2009/00 707 12 Thus, the present invention is advantageous in that the condition
is satisfied that the extracted information is perceptually meaningful and interpretable in a sense that 5
modulation pro essin%gpplie on the modulation information should produce perceptually smooth
results avoiding Gffdestfed artitatt MPddifcedl B BeShhRSiSRCSHRIRbdBELBRGe FRIAERRHION itself.
10 An other advantage of the- plastit #iestion i€ tigat the extracted carrier information alone already
allows for a coarse, but perceptually pleasant and representative "sketch" reconstruction of the audio

signal and any ﬂ%c.es§g/e agglfiq%lgdpaogébél\/l and FM, %?)I%#ggtigéorm%t%onrég esrrllgulzdiroerfline tpisr
representation towards full detail_.and transparency, which means tha The inventive c:oncepf3 allows full

I ] ] » ¥
scalability from a low scalingT&§ePrehiRg oh tHESRRERRAL FdUhstfichith Hafryiretdarciet earrier
information only, which is alréady peréepiudliyrpleasant; 2@nentd milsighatuidity: using additional higher
scaling layers having the AM and FM related information in increasing accuracy/time resolution. An

advantage of theygresgyt invetiaa iS Lt is highlyc 7 desible ot ihe develgament of neyy audio
effects on ge one hand and as a building block for future efficient audio compression arrgorl ms on
the other hand. While, in theiabt, thErEHBEAWEIE been a distinction between parametric coding

methods and waveform coding, this 30 distinction can be bridged by the present invention to a large

extent. While wavgformacoding rethoss scale easinspde f@nspaper@cprovideshthe;pecesgary bit

rate Is synthesis concept;

15 Fig. 4b illustrates a preferred embodiment of the Fig. 4a
concept;

Fig. 4c illustrates a representation of an overlapping

the processed time-domain audio signal, bit

20 stream of the audioc 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
25 a parameterized representation;:

Fig. 5 illustrates a prior art analysis/synthesis
vocoder structure;

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

Fig. 7a illustrates a spectrogram of an original music
item;
35
Fig. 7b illustrates a spectrogram of the synthesized
carriers only;



available, parametric coding schemes, such as CELP or ACELP schemes are subjected to the
limitations of the underlying 35 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 markglrtithigAssibilities, which can be 13 exploited for an applRetiFRf U W effects, while
waveform coding is strictly limited to the best as possible reproduction of the original signal. 5 The
present invention will bridge this gap by enabling a seamless transition between both approaches.
Subsequently, the embodiments of the present invention are 10 discussed in the context of the
attached drawimgs; in idhichiEiguda issa sshematieepoesentiatidn ohancmbodinyentef amedpparatus
or method for converting an @#.Id&;:@gi(gn@lé Fig4lbsig @ schematic representation of another preferred
embodiment; 20 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 25process for generating the
plurality of band bass Yhnald i BSSrefdisd _niRSAkeRrrRy. oF iffstratesdsigha-adddiedpectral
segmentatfon based on the D Gwaltdaiith and 30pereeptuadidedstigints; Figo2ditiistrates a flow
chart for illustrating the

Tig. Te illustrates a spectrogram of the carriers and
unprocessed AM and FM after synthesis;

10 Fig. 8 illustrates & result of a subjective audio
guality test;

Fig. 9a illustrates a power spectral density of a 2Z2-tone
signal, a multi-tone signal and an appropriately
15 band-limited multi-tone signal;

Fig. %b illustrates a waveform and envelcpe of a two-tone
signal, a multi-tone signal and an appropriately
band-~limited multi-tone signal; and

20
Fig. 9c¢ illustrates equations for generating two
perceptually - in a band pass sense - eqguivalent
signals.

25 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 is input intc a band pass

30 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 1s calculated in a signal-
adaptive manner.

35
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)



process performed in the context of the Fig. Ib embodiment; 35 Fig. 3a illustrates a schematic
representation of an embodiment of a concept for modifying the parameterized representation; WO
2009/115211PCT/EP2009/001707 14 Fig. 3billustrates a preferred embodiment of the concept
illustrated in Big. 2888 F13. 3c illustrates a schematic representation for eXfSiaiRRF§*& W& mposition of
AM information into coarse and fine structure infolfnation; Fig. 3d illustrates a compression
scenario based on the 10Fig. 3c embodiment; Fig. 4a illustrates a schematic representation of the

synthesis concgp; A5, Fig. 4. lustrates appraferred embodinentof the Fige faconcept Rigidc
illustrates a representation fatl__%o'verlag&l)ng onal tgg})rocessed tm}:e-d(im%ln audio. signal, bit
20stream of th& gﬁailoosr‘figr?a an eanaol%/erlapl%%j%nprobeéure for moddBEHSH Tiformation syntresis; Fig.

4dillustrates a flAREhBRAS dpriefed functiogmpBdindif¥eFrSinthesiEingarPaudio BRJimal using
25a parameterigedarptasentaism Figrptusteateds priohartanalysissynthesisavdsanar siketure;

5 filter is not constant over the whole frequency range, but
depends on the center frequency of the band-pass filter.
Preferably, the dependency is so that the bandwidth
increases to higher center freguencies and decreases to
lower center freguencies. Even more preferably, the

10 Dbandwidth of a band-pass filter 1is determined in a fully

. perceptually correct scale, such as the bark scale, so that

the bandwidth of a band-pass filter is always dependent on
the bandwidth actually performed by the human ear for a
certain signal-adaptively determined center frequency.

15 '
To this end, it is preferred that the signal analyzer 102
performs a spectral analysis of a signal portion of the
audio signal and, particularly, analyses the power
distribution in the spectrum to find regions having a power

20 concentration, since such regions are determined Dby the
human ear as well when receiving and further processing
sound.

The inventive apparatus additionally comprises a modulation
25 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
30 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,
35 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



30 Fig. 6illustrates the prior art filter implementation of Fig. 5; Fig. 7aillustrates a spectrogram of an
original music item; 35 Fig. 7billustrates a spectrogram of the synthesized carriers only; WO
2009/115211PCT/EP2009/001707 15 Fig. 7c illustrates a spectrogram of the carriers refined by
coarse AM aMdPRMeEIGRTTdIillustrates a spectrogram of the carriers refine PSBEESHPEHIAM and FM,
and added "grace noise"; Fig. 7eillustrates a spectfogram of the carriers and unprocessed AM and FM
after synthesis; 10 Fig. 8illustrates a result of a subjective audio quality test; Fig. Qaillustrates a power

spectral density,gf,a 200 gpeci £1397hA TUHTAAE Riong and,an appropriately 15pand-limited
multi-tone signal, , , , ,
other information as discussed above. The output is a

parameterized representation 180 as illustrated in Fig. 1la.

5 Fig. 1d illustrates a preferred embodiment of the
modulation estimator 110 and the signal analyzer 102 of
Fig. la and the band-pass eétimator 106 of Fig. la combined
into a single unit, which is called “carrier frequency
estimation” in Fig. 1b. The modulation estimator 110

10 preferably comprises a band-pass filter 110a, which
provides a band-pass signal. This 4is input into an
analytical signal converter 110b. The output of block 110b
is useful for calculating &AM information and FM
information. For «calculating the AM information, the

15 magnitude of the analytical signal is calculated by block
110c. The output of the analytical signal block 110b is
input into a multiplier 110d, which receives, at its other
input, an oscillator signal from an oscillator 110e, which
is controlled by the actual carrier frequency f. of the

20 band pass 110a. Then, the phase of the multiplier output is
determined in block 110f. The instantaneous phase is
differentiated at block 110g in order to finally obtain the
FM information.

25 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
30 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 = 2Y at
48 kHz sampling freguency and 3% overlap, roughly
corresponding to a time interval of 340 ms and a stride of
35 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



Fig. 9b illustrates a waveform and envelope of a two-tone signal, a multi-tone signal and an
appropriately band-limited multi-tone signal; and 20 Fig. 9c illustratesequationsforgeneratingtwo
perceptually - in a band pass sense - equivalent signals. 25 Fig. la illustrates an apparatus for
converting af*&URY$igREN 100 into a parameterized representation 180. TR ABpHAS Comprises a
signal analyzer 102 for analyzing a portion of the Kudio signal to obtain an analysis result 104. The
analysis result is input into a band pass 30 estimator 106 for estimating information on a plurality of

band pass f|Iterg;%rgggi%gdlop%grl@igpéuQ%bgg d opgthe gignakanalysis regult. ] %s,ége Hformation
108 on the pIuraglt}/l OL band- ass fI|t§I’S IS caé%ula ed in a_sgr?l-adﬁgtlve manner. Spe%lflcally, the
information 108°0h fthe oitrality 5F Band pasd fitters BEMbrigss fibhnAtST BASLHIS S Sfhe filter
shape can inclubeabarefvidkh ot b bafipasefite FYFODDOILDSEL 1 POT/ER208%082762 16 and/or
a center frequereyudtithetland-pass fijerios phe portaraakthe audio signal, and/or a spectral form of a
magnitude gransfer function in a parametric form or a non-parametric form. Importantly, the bandwidth
of a band-pass 5 filter is not constant over the,whplg frequency range, but depends on the center
frequency of the band-pass filter.qgﬁéfé%ﬁ?ﬁ;ﬂﬁmndency is so that the bandwidth increases to
higher center frequencies and decreases to lowegs.centey frequengies. Even more preferably, the 10
bandwidth of a band-pass filter is de’%??ﬁfﬁ%cf %ﬁ"‘f’lﬁf"’&%ﬁ@gﬁtﬁgﬁy corret®scale, such as the bark
scale, so that the bandwidth of a band-pass*ﬂt‘é’f)@ (‘N’éyg dependent on the bandwidth actually
performed by the human ear for a@epmm'a@ﬁli‘ﬁﬁia(pw[edykdetﬁﬁ)nined center frequency. 15 To this
end, it is preferred that the signal analyzer anpggmmyé,,a_gpectral analysis of a signal portion of the
audio signal and, particularly, analyses the pqwer distribution in the spectrum to find regions having a
power 20 concentration, since such regioff$ are'@termined by the human ear as well when receiving

and further pro%eéisin%%lfnyd. Bﬂ% jﬂ:vleﬁive @@Qf";ﬁ%lfe%qgitig_n%lé/xcor}}pris%s amo Iatiorh25
3 Iitud | i noduttion 114 ft

estimator 110 for estimating an amplitude modulation 112 or a frequency mo of each

band of the plurafityPS & P paSEfiltdRHBr iR FtBort BF e S6GLXTgFH. ¥5 #idtendl ek dulation
estimator 110 uSBS &i& aforrRaHeM o v pieality ve baddpass fitwmsotd8 adiding window
10 w. The width B(k) of the windew follows a perceptual scale,

e.g. the Bark scale. X(k,m) is the spectral coefficient k
in time block m. Additionally, a first order recursive
temporal smoothing with time constant r is done.

15 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

20 different portions.

The local COG corresponds to the ‘mean’ frequency that is
perceived by a human listener due to the spectral
contribution in that frequency region. To see this
25 relationship, note the equivalence of COG and ‘intensity
weighted average instantaneous [freguency’ (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
30 bands’). Here, a bandwidth of approx. 0.5 Bark was found
empirically to be a good value for all kinds of test items



30 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, 35
the information of the frequency modulation 114 or the information on the plurality of band-pass filters
108, which n¥¥§ éditptideifilter shape information such as the values of thB(eRt@FREHLIENCies of the
band-pass filters WO 2009/115211PCT/EP2009/8b1707 17 for this specific portion/block of the audio
signal or other information as discussed above. The output is a parameterized representation 180 as

illustrated in Fig. 19..1d illystrates a preferred embogdiment.of the modulation estimator 110 and the
signal analyzer f%ag éo: id. |aH§‘n£d‘ tHe bgﬁ%}p%%%ez)stimgfgéJl’b%%ﬁié?’la combfhed O sirgie unit,
which is called "SERRS TGNy Sintatio? 3+ &X§ 18 1PRe modulation estimator 110 10 preferably

comprises a band-pass filter 110a, which provides a band-pass signal. This is input into an analytical
signal converterslibe glaneutput afpdock 110bis asefulfos calqulating AN nfprmation.and EM
mformatlonSFo;tﬁﬁ%LéI%gng tge ﬁﬁé énformagl_oqi the J£.>5 magnitude o%t e anal t|(_:al,5| nal is callculated
by block 110c. The output otf the anaﬁ%ca? &gné’leolocﬁri(foﬁjﬁss’lﬁpu s H Itif§ d,"“\ﬂ’/ﬂlch
receives, at its GHREFTFPEY T odeHatbP&igrid Fim BRos GG orEEETRISTINEN is Conabled rthe actual
carrier frequencyifgrof theiz0 Hand-pass kidzompesetheiphiase bf theanplliptiedeutpyiis tgtermined in
block 110f. The dagianiareoys phase is diffesensiatag atblock dkAg in pordey tq finglly; obfaipthe FM
mformatlon. 2.5. Q!ﬁ,rtg gﬁé.oa sﬂ?nslgto carrier signals %@% heir associated modulations
components is | ustrateg in Fi n?fbgo I the pretare the SIgral flo for The eXfSctioh §PSI% B8 $omponent
is shown. i otf?ér%ﬁor%?ﬁ%%@ﬁbt%ﬁ}ea%%lsiﬁﬂ r fASHibhl TRE eXfraERGR A Prefaratiecarried
out on a block-by+slgékbasiodsingd blooksiZe @dtad'eat 48 KHzasampliad freguencypaadd 1
overlap, roughlyeemasRondi: o simedateryi i AP Bd 83{Hde & envelope of a
band pass signal: The first one intrinsically and the
latter one by ensuring local spectral phase coherence.
15
Care has to be taken that the resulting set of filters on
the one hand covers the spectrum seamlessly and on the
other hand adjacent filters do not overlap too much since
this will result in undesired beating effects after the
20 synthesis of (modified) components. This involves some
compromises with respect to the bandwidth 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
25 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.
30
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 functiocn is
35 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 fregquency resolution spectrum 121 is
performed. Then, in step 122, the center-of-gravity



35 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 OFT spec_trum. The local
COG candidates are estimated by WO 2009/115211PCT/EP2009/001707 18 searching
positive-to-né¥B e ttaHsitions in the CogPos function defined in (3). A poBE-E&EB¥M8HB7ATedure
ensures that the final estimated COG positions aré“approximately equidistant on a perceptual scale. 5
CogPos(k,m)- denom(k,m) nom(k,m)=a [:":41" (iw(1)1X (k + m)2) +(I- a)nom(k,m -I) denom(k,m)=

al:a_clk WOkl ¢ {bf)denarm (ks a=p3 L0 £y Gty spegiialcoificent index kit yields
the relative offset tow d% t%e loca (ier%t)re?r %%r%vn In the Spectral fegion that'is clv red’by a smooth
sliding window 6w 1" witdth B of tfe Wind fiGws 8 pER&epfiiPiidle 288l eeBarkRale.

X(k,m) is the speRttaldseiRUBREIEHEHREDISEK rrmdutbregiyoa drstesdegrecuisive temporal
smoothing with dimel geristantesa Hone 015 piterndive centar of geavily ydue calgulating fungsions are
conceivablg, whigh pag be;iferagve oL noniterative. A noRiterative function dor exgmple includes an

adding energy values for different portions of a band and by comparing the résuilts 6f the addition

operation for the 20 different portions.
As it is visible from equation (3), the center of gravity

function is calculated based on different bandwidths.
Specifically, the bandwidth B(k), which is used in the
10 calculation for the nominator nom(k,m) and the denominater
(k,m) in eguation (3) is frequency-dependent. The frequency
index k, therefore, determines the value of B and, even
more préferably, the value of B increases for an increasing
frequency index k. Therefore, as it becomes clear in
15 eguation (3) for nom(k,m), a “window” having the window
width B in the spectral domain is centered around a certain
frequency value k, where i runs from -B(k)/2 to +B(k) /2.

This index i, which is multiplied to a window w(i) in the

20 nom term makes sure that the spectral power value X? (where
X 1s a spectral amplitude) to the left of the actual
frequency value k enters into the summing operation with a
negative sign, while the squared spectral values to the
right of the frequency index % enter intoc the summing

25 cperation 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

30 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)
35 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)



The local COG corresponds to the ‘'mean’ frequency that is perceived by a human listener due to the
spectral contribution in that frequency region. To see this 25 relationship, note the equivalence of COG
and 'intensity weighted average instantaneous frequency' (IWAIF) as derived in [12]. The COG
estimation windbeangsee transition bandwidth of the resulting filter are cROZgPWitHegerd to
resolution of the human ear (‘critical 30 bands'"). Hére, a bandwidth of approx. 0.5 Bark was found
empirically to be a good value for all kinds of test items WO 2009/115211PCT/EP2009/001707 19

(speech,'music,ﬁg lenge _Adggigggllytﬁ’gs g&e &)ﬁ)rtedb the literature [13]. Subsequently,
the analytic sign i’saobtair%,ed using the 5 Hilbcgrt tra%%%&rjm ot thecgéﬁ Cléss%‘ﬁ?e?éé %%’gcrYal ard

heterodyned by IH& B3H¥atdtF CBE Fredlendy® FRRRG I dig VARG tHer d8BMPoSE®ntd s
amplitude envelobésand $@kipdamentoous fregeenty (IEntrackhyeldiig dae debindd AMsard &M signals.

Note that the usesafiiadidipass 44 signals centeradat dagal GG stitingsdgqrfr;@ﬁgqu tgct#fére?ions f
of influence: paragi ditianal ph r, Bath methods preserve the temporal envelope o
a band pa;.g. sig%%h%@%%ng%n%#siﬁﬁyygr%g %ﬁg E%f“e%‘geﬁ% %Her%l%%gﬁgé |e§g°ec%%| Bﬁgse

coherence. 15 C&EY5ds fFGELRRSH thaR tRe POQIIHRG RELEM s BFAthe -one hand covers the

spectrum seamlessly and on the other hand adjacent filters do not overlap too much since this will
result in undesisl beaigig effectscafter théro crossings and, specifically, the
positive~to-negative transitions are calculated in step
10 122, the post-selection procedure in step 124 is performed.
Here, the frequency wvalues at the zero crossings are
modified based on perceptual criteria. This modification
follows several constraints, which are that the whole
spectrum preferably is to be covered and no spectral wholes
15 are preferably allowed. Furthermore, center frequencies of
band-pass filters are positioned at center of gravity
function zero crossings as far as possible and, preferably,
the positioning of center frequencies in the lower portion
of the spectrum is favored with respect to the positioning
20 in the higher portion of the spectrum. This means that the
signal adaptive spectral segmentation tries to follow
center of gravity results of the step 122 in the lower
portion of the spectrum more closely and when, based on
this determination, the center of gravities in the higher
25 portion of the spectrum do not coincide with band~pass
center frequencies, this offset is accepted.

As 500n  as the center frequency wvalues and the
corresponding widths o©f the band pass filters are
3¢ determined, the audic signal block is filtered 126 with the
filter bank having band pass filters with varying band
widths at the modified freguency values as obtained by step
124. Thus, with respect to the example in Fig. 2¢, a filter
bank as illustrated in the signal-adaptive spectral
35 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



20 synthesis of (modified) components. This involves some compromises with respect to the
bandwidth 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 25 out to
be the cruciar§artg%ariié perceptual significance of the decomposition c@dipeaztarvdthus have
strong influence on the quality of the re-synthesiz&# signal. An example of such a compensative
segmentation is shown in Fig. 2c. 30 Fig. 2a illustrates a preferred process for converting an audio
signal into a par, terized tepre ation.as illustrated in Fig. 2b. In a first step 120, blocks of audio
samples are forﬁ?&gr% &5%,%%%%8% urglcgt%ﬁn isg S5 preferabhy ULk, HofRSerRRE thade of a
window functior® RIS Hee58ERrin 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 WO

2009/1152LLPQHE 200960045307 A0 fupetion imealoatad pelarablsiyng equalon (3, Hys

crossings 1ol be the analels rea AN oV T e S kst 1S SEHER, 1845 the

band-pass estimatot 36T FiGPRE Bedt ishrd B frofh 8RGatRFE), Heeaenter stgehstytandtion is

calculated baserkes diffdréhebandwidths] Speciitetly, tre bandwidthB{(k) trbichbisusedinsthe
filters for the other components 101 form the filter bank
together with the band pass filter 110a. Based on the

10 subband signals X, the AM information and the FM

information, i.e., 112, 114 are calculated in step 128 and
output together with the carrier frequency for each band
pass as the parameterized representation of the block of
audio sampling values.

15
Then, the calculation for one block is completed and in the
step 130, a stride or advance value is applied in the time
domain in an overlapping manner in order to obtain the next
block of audio samples as indicated by 120 in Fig. 2a.

20

This procedure is illustrated in Fig. 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
25 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
30 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
35 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 is transmitted in a bit stream in a



10 calculation for the nominator nom(k,m) and the denominator (k,m) in equation (3) is
frequency-dependent. The frequency index k, therefore, determines the value of B and, even more
preferably, the value of B increases for an increasing frequency index k. Therefore, as it becomes
clear in 15 edt@#8H/ 3536 nom(k,m), a "window" having the window widtBH#XHEEHECHal domain is
centered around a certain frequency value Kk, whetd i runs from -B(k)/2 to +B(k)/2. This index i, which is
multiplied to a window w(i) in the 20 nom term makes sure that the spectral power value X2 (where X

s a spectral ampliygie da e eftofdbe acfyal (euggey Yalue ks eblers (g th supgng gperation

with a negative sggn, Whgeég‘e sq%ared spec;%rar!rvalues tg the right of the frequency enter into
ord g ?ya g

the summing 2%°58&rat] #h théPosftive digr INSLFARAERS Fn GRAFESHAD e difd RIS that, for
example, the upperradntEslwith & ndgtrivesign e theepweckdlfervers pithiposidveasign. The
function B(k) makea suredhata perceptustly casrechcaleulatiorn at-arcenter Of wsavdppiQ takesplace,

and this furgctiog{%grefggqplylggéerrgi@gd, Iggrr@iqmgle % iIILﬁr&ted in Fig_n%%]é/gtgfre& peéﬁ%ptually

correct spectral se%mentatlon is.illu ed. Inan aIteinatlve implementation, the spectral values X(k)

trat
35 are transforf&d e Ioaﬁﬁﬁ‘lﬁﬁi mafh b&FETE taRkuRRRG e Tntef o Glaviy AFRERRY Then,
the value B in ti& ted ¥or By noh¥inal6r aptiahe xieedmiratop ifeguation @)9¢ thdegedamdf the
(logarithmic scade)t QRN 19HA 524 1BEILE PRO0MTgebiregyenay duete, #1e percepteally

correct dependencyisalrnady,ippluded i the, spectral vales-X, yhich gre, in. this emhodiment,
present in the logarithmi scallse. Nat%g#ral . an equal bandwidth in a fogarithmic scale 5 corresponds to

an increaditg band®dth With2spERPR R Ente Plreqidifcy RZE RGAYogd AR 5886, A%%00n as
the zero crossirRsraif g cititaliyiah& positidens iedadte Wahshiohs ape Ebfcutsed im stdpe10 122,
the post-selectian procedone inste 124 isiperfatmed. Heraithe freguenrgydvalyeshidbe zZesa

crossings are mogified Based R PeEceRILal erifepia, This;mogdificgion follows several constraints,

which are that the whole spectrum preferably is to be covered and no spectral wholes

15 Fig. 2b illustrates a general implementation of the
specific procedure in Fig. 2a with respect to eguation (3).
This procedure in Fig. 2b is partly performed in the signal
analyzer and the band pass estimator. In step 132, a
portion of the audio signal is analyzed with respect to the

20 spectral distribution of power. Step 132 may involve a
time/frequency transferm. In a step 134, the estimated
frequency values for the local power concentrations in the
spectrum are adapted to obtain a perceptually correct
spectral segmentation such as the spectral segmentation in

25 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,

30 where an example for a filter bank implementation is given
in Fig. 1b for one channel having band pass 1i0a and
corresponding band pass filters for the other components
101 in Fig. 1b. The result of step 135 is a plurality of
band pass signals for the bands having an increasing band

35 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



15 are preferably allowed. Furthermore, center frequencies of band-pass filters are positioned at
center of gravity function zero crossings as far as possible and, preferably, the positioning of center
frequencies in the lower portion of the spectrum is favored with respect to the positioning 20 in the
higher portio8fAH& E§&ttrum. This means that the signal adaptive spectritf EEFRIEHALHA tries to
follow center of gravity results of the step 122 in thb lower portion of the spectrum more closely and
when, based on this determination, the center of gravities in the higher 25 portion of the spectrum do

not coincide with hand-pass, centenfreque %?ﬁ-n S Qgs t i§§g d, As so s the center
frequency values and the correspondincg}yw?(ﬁhs o%%e bagﬁJL passg ﬁ%gjéza?re%%%e%%f?le%?ﬁwse audio
signal block is fiteP8& 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 illgsirajediinie gignakagaptiveispegtial 3hsegmentationds applied byrgalgulaging filter
coefficients;and setting these, filter coefficient the fi ter k_is subsequently used for filtering the
portion of the afidio WO 2009]1 5?211,P5’%?E%t2%%%/g%°1%o7%Qsﬁaﬁe?lyﬁhi%%‘ﬁ%% SeenuSat }br
calculating thes*&J5e &AF LefAfMtatiors. ThidfitdrHeR peforeif®Rh bisrerablyarfitdrask

filter is set using the calculated center freguency value
and using a band width as determined by the spectral
segmentation as obtained in step 134 of Fig. 2b. This step
‘10  uses band pass filter information and can alsc be used for
outputting band pass filter information to the output
interface 116 in Fig. la. In step 139, the audio signal is
filtered using the band pass filter set in step 138. 1In
step 140, an analytical signal of the band pass signal is
15 formed. Here, the true Hilbert transform or an approximated
Hilbert transform algorithm can be applied. This is
illustrated by item 110b in Fig. 1b. Then, in step 141, the
implementation of box 110c of Fig. 1lb is performed, i.e.,
the magnitude of the analytical signal is determined in
20 order to provide the AM information. Basically, the BAM
information is obtained in the same resolution as the
resolution of the band pass signal at the output of block
110a. In order to compress this large amount of MM
information, any decimation or parameterization technigues
25 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
30 pass filter. In case of a multiplication, a subsequent low
pass filtering operation 1is preferred to reject the high
freguency 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
35 analytical signal, which is 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



5 or a time-frequency transform such as a windowed DFT, subsequent spectral weighting and IDFT,
where a single band pass filter is illustrated at 110a and the band pass filters for the other components
101 form the filter bank together with the band pass filter 110a. Based on the 10 subband signals -1,
the AM infori¥&tigl%iid#He FM information, i.e., 112, 114 are calculated iR STEF1RSWHHdutput
together with the carrier frequency for each band i?ass as the parameterized representati_on of the
block of audio sampling values. 15 Then, the calculation for one block is completed and in the step

130, a stride or adyapea ¥alue is applied in tq%tinﬁg@m@ ?‘QOOV%IPPP%]'}%HH%% In ¢ rldlgr to
obtain the next bl?,%( of %gigrsaangglgg agrilndg)cated by 120 In FI%. 2a. 20 This procedure is illustrated
in Fig. 4c. The tme domain aul(}i‘lo signal 1 iIIus??&te]qfli% tﬁé’ur?ﬁ% Bt vﬁ]eFé"Eien#ﬁ]%ﬂ}i_F@é'\)én
portions, each P8R prdferably Epiprisieitha Sarhbwatsetetautio Rigpled ares2s ilostrated.
Each block congigtsiaf, Ntsaenplras&he firsihtedk dossisteef thefrstfour asiacens postiens 1, 2, 3,

and 4. Theyextfglgaéggngwsrggégg the signal poytions I%léc%u@ttfgﬁgi.rd blogk i.e., blogk 3 comprises

. 568 .
signal portions 3 6 and the fourth block, i.e,, block 4 30 comprises subsequent slg%a? portions 4,
5,6 and 7 as illﬁgﬁ%é)te ?ﬁ]lfﬁle Bit st?eaar(ﬁfn&%%%ﬁﬂiﬁ{lFi@?fgﬁ%Efé’@s SShataneteriAnt: -
representation foR@achiftosk, §i e ror bictkiBbldsk 21k Bl Glocks4 neh seteetedapayt of the block,
preferably the N/2 middle portion, since

Fig. 3a illustrates an apparatus for modifying a
10 parameterized representation of an audio signal that has,
for a time portion, band pass filter information from a
plurality of band pass filtérs, such as block 1 in the plot
in the middle of Fig. 4c. The band pass filter information
indicates time/varying band pass filter center frequencies
15 (carrier frequencies) of band pass filters having band
widths which depend on the band pass filters and the
frequencies of the band pass filters, and having amplitude
modulation or phase modulation or frequency modulation
information for each band pass filter for the respective
20 time portion. The apparatus for modifying comprises an
information modifier 160 which is operative to modify the
time varying center frequencies or to modify the amplitude
modulation information or the frequency modulation
information or the phase modulation information and which
25 outputs a modified parameterized representation which has
carrier frequencies for an audio signal portion, modified
AM information, modified PM information or modified FM
information.

30 Fig. 3b illustrates a preferred embodiment of the
information modifier 160 in Fig. 3a. Preferably, the BAM
information is introduced into a deccmposition stage for
decomposing the AM information into a coarse/fine scale
structure. This decomposition is, preferably, a non linear

35 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



35 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 is transmitted in a
bit stream in a WO 2009/115211PCT/EP2009/001707 23 sequential manner. In the example
illustrated in 8 UPPEIPIGt of Fig. 4c, a 4-fold overlapping operation is forRfetERPEM AL Ely, a two-fold
overlap could be performed as well so that the strfde value or advance value applied in 5 step 130 has
two portions in Fig. 4c instead of one portion. Basically, an overlap operation is not necessary at all but

itis preferred ingrdepto aweidfiaeking apifagis anghia Bdakiordanirgeush-allow a1gess-fade
operation from Qlohglé ‘;g blo é/vheicrel3 'sénitrg3 ggcorggncelms/ié[)h 1150 a %rgtf__errgd e{ilcﬁbo.dirz)::1e{)£Z gH@% present
invention, not pe?formea’in & time domain but which is pert%rrrr)led_ln? e AM/FM domain 52 illustrated
in Fig. 4c, and &Sdéddfded latéRon WitE respEEL®IEEI4a &MPAFLTS Y. 2b HRISEEEES a géneral
implementationtofdhemspesificrprpegdurd in FigtRa svithiréspdcet idequation (35 0hS pratedure in Fig.

2b is partlysperfogmed in thessighakanalyzer apdahgdand pass gptimafor. InsieR d82e a:petion of the

audio signal is anal)flzed with, respect.to thr? 20 spectral distribution of gower, Stega132lré1ayainvolve a

time/frequency ’f'r%lrﬁsf%?ﬁf?I(fr‘_ﬁt %ls gp 4? tfe ESfimated Fr]éaﬁerlfé:)/e values for tﬁeﬁocranlppov(/er n

concentrations fieSpectidhiare FFaHied s bbidn aPerceitiamecorregfom  the  fine

structure is transmitted via line 161 from an analyzer to a
synthesizer. Then, on the synthesizer side, a noise source
10 160f is scaled in order to provide a band pass noise signal
for a specific band pass signal, and the noise signal has
an energy as indicated via a parameter such as the energy
value on line 161. Then, on the decoder/synthesizer side,
the noise is temporally shaped by the cocarse structure,
15 weighted by its target energy and added to the transmitted
coarse structure in order to synthesize a signal that only
required a low bit rate for transmission due to the
artificial synthesis of the fine structure. Generally, the
noise adder 160f is for adding a (pseudo-random) noise
20 signal having a certain global energy value and a
predetermined temporal energy distributicn. It is
controlled via transmitted side 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
25 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.

30 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 alsc be useful to only modify the

35 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 £reguency
information.



spectral segmentation such as the spectral segmentation in 25 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
segmentatioNVE@sHeptH&2ker bank or a transform method, 30 where an exBRIPFETIFAHITRT bank
implementation is given in Fig. Ib for one channelzﬂaving band pass 110a and corresponding band
pass filters for the other components 101 in Fig. Ib. The result of step 135 is a plurality of band pass
signals for the bands having an increasing band 35 width to higher frequencies. Then, in step 136,

each band pass,signal is separately pracessed usin elemenﬁs 1104 to ]X’LO {n the preferred
embodiment. H%g\?vg\l/glg, alt‘e%r%%tiverié éﬁ'gtﬁlé?zrheth%%“sp for ex rgctinastan ?rgédulat'r%ﬁwandaéﬁjF WO

2009/115211PCTEPRRIOTL 787 225HS40RLIIFFEAIPEE p&esianed 16 pardibterizébeaghesind pass

signal. advantage of the modulation decomposition presented herein
5 is that the proposed analysis/synthesis method implicitly
assures that the result of any modulation processing -
independent to a large extent from the exact nature of the
processing - will be perceptually smooth (free from
clicks, transient repetitions etc.). A few examples of

10 modulation processing are subsumed in Fig. 3b.

For sure a prominent application is the ‘transposing’ of an
audio signal while maintaining original playback speed:
This is easily achieved by multiplication of all carrier

15 components with a constant factor. Since the temporal
structure of the input signal is solely captured by the AM
signals it is unaffected by the stretching of the carrier’s
spectral spacing.

20 If only a subset of carriers corresponding to certain
predefined frequency intervals is mapped to 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 guantized to MIDI numbers that

25 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

30 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
35 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.



Subsequently, Fig. 2d will be discussed, in which a 5 preferred sequence of steps for separately
processing each band pass signal is illustrated. In a step 138, a band pass filter is set using the
calculated center frequency value and using a band width as determined by the spectral segmentation
as obtained WP 3H2¥ Fig. 2b. This step 10 uges band pass filter info AFFFUNY AN also be used
for outputting band pass filter information to the ougtput interface 116 in Fig. la. In step 139, the audio
signal is filtered using the band pass filter set in step 138. In step 140, an analytical signal of the band
piass _fri]gnal is ég?rf@”?f"iﬂe';@.@ﬁ@l@&ﬁ:@t'fﬁ%%rﬁgénﬁffég?@?& ellﬂgeﬁf@;@ai%qtl Hﬂg% &%}%I%@

algorithm can be appli s,is illustrate ite in Fig. Ib. Then, in step e
implementat-ion%?#gxgﬁfm%f)Fig.gjl)znlc_s:epgrpo};?ne%%?g stﬁg Lﬁn(%élrﬁfudlesoﬁ%%réansaefﬁlcﬁa?gig%%? is
determined in 2BP1RP S BrRFRP HEARPIRE MR AP BRiHg the ARPIRIGRFRIGHES otaiFed in the
same resolutior2askifie resblliibhidfithe band pasy sigraigiitees sutpahof bocknddif.ilacdrder to

compress #is |§'&Q§o%@9%m ©h &M infoemalion, apy secimation -l Rarametgtizatiqn. technigugs 25 can
be performed, which V)éi” e discussed later on. In order to obtain phase or frequency information, step
. struﬁ Fre. - . . . . .

142 comprises a mulfiplication of the analytical signal by an oscillator signal having the center
frequency of the band 30 pass filter. In case of a multiplication, a subsequent low pass filtering
operation is preferretttoongectehe highdrempieney pontion gereratedandthéimeltiglicatiotinestep 142.
When the oscillatarisigiealis semidess then, the fillering isapt regvired: zispel42-tosults, i agown
mixed 35 ﬁalygﬁ%l signa!f é/yahi S f|%r1%)ces€:serq in ste_eﬁllmé1 to %;[E:a% {geé in%f\gtangoug ph se
information as in |cateaaby box 110f ineFig.?b. Tﬁ%pg asé information can be ou?put as p(arametric
information in s8R to RS AXRomial. = The ine structure (residual}) is

obtained as the difference of original and coarse envelope.

The loss of AM fine structure can be perceptually

compensated for - 1if desired - by adding band limited

15 ‘grace’ noise scaled by the energy of the residual and

temporally shaped by the coarse AM envelope.

Note that if any modifications are applied to the AM signal
it is advisable to restrict the FM signal to be slowly

20 varying only, since the unprocessed FM may contain sudden
peaks due to beating effects inside one band pass region
[171[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

25 according to formula (1) in Fig. 9 in form of a phase jump
of pi at zero locations 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

30 spikes in the FM can be removed without introducing an
undesired bias.

Ancother application would be to remove FM from the signal.
Here one could simply set the FM to zero. Since the carrier

35 signals are centered at local COGs they represent the
perceptually correct local mean frequency.



WO 2009/115211PCT/EP2009/001707 25 information, but it is preferred to differentiate this phase
information in box 144 to obtain a true frequency modulation information as illustrated in Fig. Ib at 114.
Again, the phase information can be used for describing the 5 frequency/phase related fluctuations.
When phase Yffol#fitigidids parameterization information is sufficient, therP€igegiffersntiztion in block
110g is not necessary. Fig. 3a illustrates an appafdtus for modifying a 10 parameterized
representation of an audio signal that has, for a time portion, band pass filter information from a

plurality of bandfpass fig%rs,isijfg %srgloglé 1 in the plot i? theéniddle of Fig. 4c. The band pass filter
information indicates time/varying band passiter Cemar freqh8hcid T 3 HRF fréu&iRdssFof band

pass filters havif§ PARERFRthSIPRcIR dEFerH G Bungdss fiftbes afttheXiegiereessofahe band
pass filters, andthaing amptinideemedutation:os phase mogtasiopmsdiessensy modukation; n
information for ss filter he tiv. time,portigp..Th tus for modifyin
compriseg g'n i%%{éntgﬁ ringdlg%alﬁ _1S6f;§fv%/h1é:%?§f§§era§[%\%g to mggc; %k%eetim%g\%grsfr%%?e’nte? rgqfﬁer?cies
or to modify the ampiitude modulation Tiormatioh-or the fréfueRby Frddufatieh iftBirhafitn ofthe
phase modulati§A##Briiaficn 8Ad WsicRDSldHpER &afodited paramuterizhdireprdsemtatartwhich
has carrier frequenci¢sfdr ahnaudicssigoal pexios ugroglifiedpAMiibtormatien, megified HM infgrmation
or m_odified FM pdoematien. %E;g_. 8b ig%%tg%t_ggérgr%grrgq( egnt;g_qg@eggo;;peei;éffcg{lneatigparfodifier
160 in F|g._3a. %r(%%rﬁb#_yﬂg%e éjé/lag:rg%rrg%tlo&ls_|r€1:trrl%duc§d |Bto a decomposition stage If-_’or .
decomposing the infofmation 1nto a aoarsenine scala stri&urd Siid %‘éoﬁ?}ﬁ%ﬁ n |§,hdr%ferably,
a non linedP 35 H&cdhSosRRASIITSs the dEBSMPESiass as mastarkd i Fiy. 3caln bederasecompress
the transmitted tateefor tive At infatheatisnsoalirtheeoatse steichise isdeeexanple, trapsmited to a
synthesizer. A pojtion of imSHRYIESHREN, for example, a guitar is considered,

it becomes clear that the tone is generated by exciting a

string and after the attack at the excitation time instant,

15 a release portion, which is quite long, immediately follows
which is characterized by the fact that the string
oscillation 1is dampened until the string comes to a
stationary state which is, then, the end of the release
time. For typical instruments, there exist typical forms or

20 coarse structures for such tones. In order to extract such
coarse structures from a band pass signal, 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. 3c, which can be matched by

25 determining the polynomiél coefficients. As soon as a best
matching polynomial fit 1is 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

30 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

35 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



WO 2009/115211PCT/EP2009/0111707 26 can be the adder 160e and the band pass noise source
160f. However, these elements can also be part of the information modifier. In the preferred
embodiment, however, a transmission path is between block 160a and 160e, and on 5 this
transmission¥RIAHEHIBAl a parameterized representation of the coarse SFUGEHIEIEAYBr example,
an energy value representing or derived from the Yhe structure is transmitted via line 161 from an
analyzer to a synthesizer. Then, on the synthesizer side, a noise source 10 160f is scaled in order to
provide a band pags nejse sighrlfor a speqific band pasg gignal, and.the nojse signal.hasan energy
as indicated viat%ggg%rygﬁe{nsuc S, g]‘% enert(;j;1 value on Ii§e 161, Then, on the decoder/synthesizer
side, the noise i emporaly SAaped by theCoarse strlctire; 5 Fgfﬁ&ff%ya]%pthjrﬁétte‘r?é}gy and
added to the transmitted coarse structure in order to synthesize a signal that only required a low bit
rate for transmigsign dae ta thinuatificiad synthesisekibe fihe skuetures Geperallyu the naige adder 160f
is for adding a (pseydorandomy) noige 20-310ng) bawpg.a.ceftain glahal enefgyvalye and g,
predetermined teani%oral ggfrgyﬂlgg:n{)utlon. I;FlF CQDntroIIed via transmitted side information o¥ is fixedly

set e.g. based 617 al 6m RedValusLdstanirdlor E4€h bRRAYRRBtively it is

empirical figure Stigh a3
controlled by 25a4684% ety sistiithe nidififier oF 88 synthBsizerafpwhickdde availabletsignal is
analyzed and nbistoatidericontrot waluss arerderivetit Toase £ooirol ¥alueapseferably afe  a

energy-related ¥aliege 39 Jde. infermation modifigr 180,0ay, agditionally .comprisg a.copgyaint
ponnomigLIOfit f%ignaﬁtgslGOb agd/gr gﬁtl;%nsposer 60d for the cr?ggrier fre%uencies, which also
i

transposes the FM INTOMMAtion Via muttiphier 1606 Al ér%%ﬁ\l/fejl?/, it might'af B u8BRF & dRK modify
the 35 carrier freBfefestafd BATARREGRFthEFM fFdMeaticitérme 18V RsFRaTSHor tBrenly modify
the FM informatioariout t@ nbbmodifyithe A&/ inforifation orcthe castienfredquency intateatione WO

20091115211PGEARR 29094001207 24 Hawinaiae magulationgampgoentsathande ewand

interesting procescs:icp .meth%dset%%%argreléeasigl?éﬁ grat?sat i ﬁge of thg modulation decomposition
presented herein IS t At the %posefi analysis/synthesis meﬁﬁo |rrr11pli0|ctﬁ/ 48 fres T the FBsult of
any moddidtioniroReesingahaspSd et 16 HaFdS e SRA RONP e Rdcth GRL6rtheRBedssing -
will be perceptuatlytdmesthdfreedion disknvamsi¢morepefitiens etenp Xefewi ewamples of 10
modulation processing are subsumed in Fig. 3b. For sure a prominent application is the 'transposing'

of an audio sigpal yhil infajning origi layback speed: This i f?&y achieved hy multiplication
of all carrier 15 co??{ﬁoiagr% \%Val%%g cgégé]mt ai(a:%t/(r)lrffl |Inn§e€ %hoente%pc?rbg S ruét[ﬁ?é’ 5?‘??% %rbujfssf)ignal is

solely captured FRREARPGRaRAPILE SIS T bl tRE sBEfchify bE S BaFRISpRRERRSBacing. 20
If only a stihsetiof carrkgs xoréspending to:gartain. prédefmeshinaduesricseintesials is mapped to
suitable new valges, the keperada-nta piecsrof musiseande ehangeaskirgm-6:0: MiRgr todRajor or vice
versa. To achieve this, the garrigg&rgﬂg%gq_jgg. anph%lgla’ntia%d tg' Mé@gg)qqt%?rs trf:%t 25 are

subsequently mﬁa}rp{ped onto appropriate new MIDI numbers (using a-priori Know ed%e oY mode and key

of the music iteft {855 Prcesstd). 1809 S mbbed MDY nuftRIFR 4fe cofVertFba& fYorder to
obtain the modfRebceHrfii ffeqaéncivs Ivasardafeefdr Bynihepisl e al dedihitdts the

25 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

30 empirically selected energy.

Alternatively, a signal modification may include, as
discussed before, a mapping of the center freguencies to
MIDI numbers or, generally, to a musical scale and to then
35 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



30 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 35 of a signal's modulation properties: For instance it can be desirable to
modify a sigaPs48igftéss' [147[15] by modulation filtering. In the AM siBREEREPF81¢BArse structure
related to on- and offset of musical events etc. WO 2009/115211PCT/EP2009/001707 28 and fine
structure related to faster modulation frequencies (-30-300 Hz). Since this fine structure is representing

the roughness @P@&ﬁ%‘%ﬁ:@%@” @yg%a&@h@q carigrs vaie 2 K 12116} Audiony rugliness can
be modified by rﬁ%the e strgcture and m rﬁ\lnta% %a coarse structure. To decompose the
|

envelope into coarse and fing'sttictute - Roniiieal melhddd &ti8F Kt 3Sample, to capture 10
the coarse AM one can apply a piecewise fit of a (low order) polynomial. The fine structure (residual) is
obtained as therdiffetenceisfedriginal andreearse erivelepe. The losscafirAiine strietureseaiybe

perceptually coppensated folydf d8§5sedbé3y EQQW ligyjteg 1§sgfa&ea995§ 3 edﬁ/ the

energy of the reS|dual and ora hape We coarse AM envelope. Note't

modifications af&'appiféd t(%e‘fhe S|g?1$otl itiE s A8 toFRLFicttha M S48 bg §I‘6W§ 20
varying only, sitée fie B@ptobessed FVH & Eomtaiibsidderopeakstd@e tolbaatinghsffattsiaside one
band pass regite [1/][8] cThesa: peaksnappe deitviberproxiamity of.zere [E8koftherAM sigaal and are

perceptually neglighls; Ashexamplee b Rk JE Ay seen it e signgle3a aceaiding to

formula (1).in Fi in form, of a phase jump of pi at zero lpcations of the Hilbert envelope. T
undesweé peak%qlcca?mlbe rg]%oveé(;oﬁm% Sgﬁsetfalnébe ﬁ%laﬁfttln n th"¥E wiikhe th% rlglnal

AM signal acts aé%mgh&ff%?%h@aééuféd:gééeﬁe@émrhemomugtg@ FikaS rrefel PM-can be
removed without introducing an undesired bias. Another application would be to remove FM from the

signal. Here ong gould gimply setbekMde zefa. Sigeeihe £atiersor  synthesizing a
parameterized representation of an audic signal, the
15 parameterized representation comprising band pass
information such as carrier‘frequencies or band pass center
frequencies for the ©band pass filters. Additional
components of the parameterized representation is
information on an amplitude modulation, information on a
20 frequency modulation or information on a phase modulation

of a band pass signal.

In order to synthesize a signal, the apparatus for
synthesizing comprises an input interface 200 receiving an
25 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
infermation, an AM synthesizer 201 for synthesizing an AM
30 component based on the AM modulation 1s 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
35 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



35 signals are centered at local COGs they represent the perceptually correct local mean frequency.
WO 2009/115211PCTTEP2009/001707 29 Fig. 3c illustrates an example for extracting a coarse
structure from a band pass signal. Fig. 3c illustrates a typical coarse structure for a tone produced by a
certain instruf@At9 the dpper plot. At the beginning, the 5 instrument is STeHEXHER YA attack time
instant, a sharp rise of the amplitude can be seen?zwhich is then kept constant in a so-called sustain
period. Then, the tone is released. This is characterized by a kind of an exponential decay that starts
at the end of the sustained period. This 10 is the beginning of the release period, i.e., a release time
instant. The sustafitpéiod EoRottherdaadlynhefe tihstrtinfémenghen, for@xadspleiamaar is
considered, it bpoemes cleanthat 1he tonesis fenerted by pxeitinga stringianckafterrtbamitaek at the

excitation time ingian,15 gdglease npytian, whigh s guis g, ipmedigigly olQwi,seq on
the signals from the band pass filter channels. Just just
5 adding the band pass signals in a sample wise manner in a
preferred embodiment, generates the synthesized audio
signal 206. However, other combination methods can be used

as well.

10 Fig. 4b illustrates a preferred embodiment of the Fig. 4a
synthesizer. An advantageous implementation is based on an
overlap-add operation (OLA} in the modulation domain, i.e.,
in the domain before generating the time domain band pass
signal. As illustrated in the middle plot of Fig. 4¢, the

15 input signal which may be a bit stream, but which may also
be a direct connection to an analyzer or modifier as well,
is separated into the AM component 207a, the FM component
207b and the carrier freguency component 207c. The AM
synthesizer 201 preferably comprises an overlap-adder 20la

20 and, additionally, a component bonding controller 201b
which, preferably not only comprises block 20la but also
block 202a, which is an overlap adder within the M
synthesizer 202. The FM synthesizer 202 additionally
comprises a frequency overlap-adder 202a, a phase

25 integrator 202b, a phase combiner 202c¢ which, again, may be
implemented as a regular adder and a phase shifter 202d
which is contrellable by the component binding controller
201b in order to regenerate a constant phase from block to
klock so that the phase of a signal from a preceding block

30 is continuous with the phase of an actual block. Therefore,
one can say that the phase addition in elements 2024, 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

35 perceptual domain, it is to be noted that this is the only
information lcoss, i.e., the loss of a constant portion by
the differentiation device 110g in Fig. 1b. This loss 1is



which is characterized by the fact that the string oscillation is dampened until the string comes to a
stationary state which is, then, the end of the release time. For typical instruments, there exist typical
forms or 20 coarse structures for such tones. In order to extract such coarse structures from a band
pass signal, i€ pefdiréti to perform a polynomial fit into the band pass sRAHRERRH{0A¢ polynomial
fit has a general form similar to the form in the upp@r plot of Fig. 3c, which can be matched by 25
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 BR€ a8 Barkpadsdighal b tIRANAEINE sihewee iS80oirdined which,tlveen the
polynomial fit wasogeachenougbnidimguite:notsy stgnal vikicly h@s aypertain energy which can be
transmitted from the analyzer side to the synthesizer side in addition to the coarse structure

ial ficients. The decomposition of
information Whlc’? WOUIdlggy.]Le pOIyngg‘na'}: Cgsegzced on an adgd CPltlve basis of all

5 components. For one component the processing chain is shown

in Fig. 4b. Like the analysis, the synthesis is performed
on a block-by-block basis. Since only the centered N/2
portion of each analysis block is used for synthesis, an
overlap ‘factor of ¥ results., A component bonding mechanism

10 is utilized to blend AM and FM and align absolute phase for
components in spectral vicinity of their predecessors in a
previocus block. Spectral vicinity is also calculated on a
bark scale basis to again reflect the sensitivity of the
human ear with respect to pitch perception.

15
In detail firstly the FM signal is added to the carrier
freguency and the result 1is passed on to the overlap-add
(OLA) stage. Then it is integrated to obtain the phase of
the component to be synthesized. A sinuscidal oscillator is

20 fed by the resulting phase signal. The AM signal is
processed likewise by another 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.

25
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

30 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

35 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



35 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 WO 2009/115211PCT/EP2009/001707 30 and in order to heavily
reduce the da¥® @ 1aFAFansmitting AM information in a low bit rate applicatioBPRie/BdTillustrates the
steps in such a procedure. In a 5 step 165, the codffse structure is extracted such as by polynomial
fitting and by calculating the polynomial parameters that are, then, the amplitude modulation
information to be transmitted from an analyzer to a synthesizer. In order to more efficiently perform this
10 transmission, & fifrther fuamfzaiish bhelceneddihl ®peeationel66sdfithe parametersder imasmission

is performed. Theaguartzatids cas hedustorarer, n@hupifena anshiberancoding Qraration caa be any
of the well-knowp ;ggro%%rﬁgqgg %gﬂoni,ssu%ga Huffpan codii,_n svgitsh or %5 vg'gg%ut tables or

arithmetic coding such as a context based arithmetic_coding as_krsﬁ’vr\l/n rom video compressi%rﬁ. Then,
a low bit rate ANPITSiRioh ST ER1/PR intdrmatiBhis ferm@dl whidit 8hR Beafankmititfovet %
transmissioR chaifitd 2otn adigy effitisht Aladme ®n &lgnthesizée side pe stepob68is pesformed for

decoding and dezguantizisg Hie tRnsmitteskparagetats TEEN s Step4lod; the sarsesirugiure is
reconsiructed, foragenle by aciualicalglaing glvalyeslefineg by polyromiglinal has the 25
i it might be useful to aé t-ban'ol

transmitted polypomia coeffl%ients. Additionally, i grace noise per

preferably based 8ff tHAHERBE SrElgy PaPsifsterd AntteMporaRy SEETFOP et cddrse &R
information or, ak&rnRESERT APAR ultf Bit fatd pplcstion, Ay adtmys(giase) ndesetiavingan 30
empiricallyL selectéd erargy rilteanativedy, @ signadsrodiicatiammay alede, gs disissed,pefore, a
mapping of the ¢erjer ¥RAUALIESIR, portion.

All other overlap ratios can be implemented as the case may
be.
15
Fig. 4d illustrates a preferred sequence of steps to be
performed within the Fig. 4a/4b preferred embodiment. In a
step 170, two adjacent blocks of AM information are
blended/cross faded. Preferably, this cross-fading
20 operation is performed in the modulation parameter domain
rather than in 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
25 the time domain and not in the modulation parameter domain.
In step 171, an absolute fregquency 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
30 adjacent blocks of absolute frequency information are
blended/cross faded in order to obtain a Dblended
instantaneous frequency at the output of block 202a. In
step 173, the result of the OLA operation 202a is
integrated as illustrated in block 202b in Fig. 4b.
35 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



MIDI numbers or, generally, to a musical scale and to then 35 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 WO 2009/115211PCT/EP2009/001707 31 frequencies are
modified. Prefasi/1t5é1AM information or the PM/FM information is not Hfet#&diHHZ tase.
Alternatively,otherkindsofcarrierfrequency 5 modifitations can be performed such as transposing all
carrier frequencies using the same transposition factor which may be an integer number higher than 1
or which may be a fractional number between 1 and 0. In the latter case, the pitch of the tones will be

smaller after modffic&tidh, 162ndH HRFforntéca8B SPESifch AR toRés Withe Higherlaftey
modification thaRdt¥srEthe RodificafiBh tril 8a fustidiestdiafpardias forkiathesisingaso

Eare(ljmeterizefd f@@&&ﬁ@ﬂi@%&lﬂoh@n audip a.igaal;i.ﬁh%%)é .pgz{amq{a%ﬁléedc]g?apfs&%@étigfg C%g}%g;igg
and pass information as carrier. frequencies, or band, pass center frequencies for the band pass
filters. Additiona??gmggﬁgﬁtsggfn ?ﬁgg%aréﬁ%tgrizseﬁz}%%?éls%% ation-is éﬁ)?l% tiBf on ¥H-SApRthde
modulation?infotfat®hsh alZPrectitRéy todulbhin GrSRforkrERR o atphdse Aiotiddtiont of a band
pass signal. In crapi io-syittheside ksigdal, the appapatus7or syathesizing comprises ar yad
interface 200 regeiyingrau@5 iHwoedified o 3orf1Ogifif'@m%rﬁmet@Héﬁ%%qf%@%@%g&?%f@&l}ldes |
information for all hand_passfilters, Exemplarily,Fig. 4a illustrates the synthesis modules for a single
band pass filter skllgnal.all% o? e% téa%élﬁr%t Qisllse M%E%?mg |8r?s,£§ﬁ’ Aﬁ/flgyr‘f{ﬁgsi?er%i%?%%ﬁ%sizing
an AM band pass signal for a certain band pass channel which, due

10 to the inventive procedure has a frequency band width which

varies from low to high with increasing band pass center

frequency.

In the following, some spectrograms are presented that

15 demonstrate the properties of the proposed modulation
processing schemes. Fig. 7a shows the original log
spectrogram of an excerpt of an orchestral classical music
item {(Vivaldi).

20 Fig. 7b to Fig. 7e show the corresponding spectrograms
after various methods of modulation 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

25 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 BM detail is

30 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. Te.
Comparing the spectrogram in Fig. 7e to the spectrogram of

35 the original signal in Fig. 7a illustrates the very good
reproduction of the full details.



30 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 35
elements 209 @ HIdS8bhnected to an oscillator module for generating aRGUEFASSIEHEL Which is
AM/FM/PM modulated oscillation signal 204 for edth filter bank channel. Furthermore, a combiner 205
is provided for combining WO 2009/115211PC T/EP2009/001707 32 signals from the band pass filter
channels, such as signals. 204 from oscillators for other band pass filter channels and for generating

an audio outputSgnEMhAL R asddBn e FGFNE M tRE bartEpaBE AREFERanRERhIdst judt 5
adding the bandspage sigivats id assaanplegvise stannesinaopréferted embodimens Hpenerdtes the
synthesized audigsigngd 2eEnkipweyars other copbinatian-methodscanme usadas Wel 19 §ig. 4b
illustrates a prefe#regterrggggitment . 4a sy thetscibzter An %Idn%anta%e usGim |ementation is

fthe Fi
based on an ovéf gp-fadd operéﬁong(a%)ﬁn k& modulafion orﬁ‘aln, F'&., if‘the’do AT BaTar

generating the A& tbiidR i dpaddisighas As iftdstrs&elif avé nfaslesiorersitdasethess input
signal which masxipes adzinsteshih i btewhich.may also be a direct connection to an analyzer or modifier
as well, is separated into the AM component 207a, the FM component 207b and the carrier frequency

component 2074 ThecAlvl:synthesizer 20 Rr ferably,comprises a .overlglp- dd§r. 201%20a d,
o he test ’/set cons;a g ? hﬁ1 t%ms ?1ste R e
additionally, a component bonding controllef 201b which, preferably not only comprises bIBER' 201a but
also the configurations under test are subsumed in Fig.9.
10
- The chart plot in Fig. 8 displays the outcome. Shown are
the mean results with 85% confidence intervals for each
item. The plots show the results after statistical analysis
of the test results for all listeners. The X-axis shows the
15 processing type and the Y-axis represents the score
according to the 100-point MUSHRA scale ranging frem 0

{bad} to 100 (transparent).

From the results it can be seen that the two versions
20  having full AM and full or coarse FM detail score best 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 loss of FM fine detail is indeed
25 perceptually negligible. The version with coarse AM and M
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.
30 '
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
35 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 jeintly for
all components.,



block 202a, which is an overlap adder within the FM synthesizer 202. The FM synthesizer 202 .
additionally comprises a frequency overlap-adder 202a, a phase 25 integratpr 202Db, a phaseT combiner
202c which, again, may be implemented as a regular adder and a phase shifter 202d which is
controllable BYAR&%@8Kipbnent binding controller 201b in order to regenerdfel &8N YT Phase from
block to block so that the phase of a signal from az)recedlng block 30 is continuous with the phase of
an actual block. Therefore, one can say that the phase addition in elements 202d_, 20_2c corresponds to
a regeneration of a constant that was lost during the differentiation in block 11Qg in Flg. Ib on the
analyzer side. From an information-loss perspective in the 35 perceptual domam,'lt is to be'noted th{it
this is the only ifformatien ossssécdlie mssiof aicensiantportien byshe differentiationdevieg 110g in
Fig. Ib. This lossyisg YR A00941 152 RG TRRZ00Y/901 2Q7 331 £ cant
The analysis/synthesis method presented could be of use in
5 differernt application scenarios: For audio coding it could
serve as a building block of an enhanced perceptually
correct fine grain scalable audio coder the basic principle
of which has been published in [1]. With decreasing bit
rate less detail might be conveyed tc the receiver side by
10 e.g. replacing the full AM envelope by a coarse one and
added ‘grace’ noise,.

Furthermore new concepts of audio bandwidth extension [20]
are conceivable which e.g. use shifted and altered baseband

15 components to form the high bands. Improved experiments on
human auditory properties become feasible e.g. improved
creation of chimeric sounds in order to further evaluate
the human perception of modulation structure [111.

20 Last not least new and exciting 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

25 BM 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
30 scalability of modulation detail modification. An
appropriate re-synthesis method has been given. Socme
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
35 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



recreated by adding a constant phase determined by the component bonding device 201b in Fig. 4b.
The signal is synthesized on an additive basis of all 5 components. For one component the processing
chain is shown in Fig. 4b. Like the analysis, the synthesis is performed on a block-by-block basis.
Since only th¥ 2eft&#deEN/2 portion of each analysis block is used for syn{eSEPZA# @0 Ap factor of
;-1 results. A component bonding mechanism 10 ® utilized to blend AM and FM and align absolute
phase for components in spectral vicinity of their predecessors in a previous block. Spectral vicinity is
also calculated oLa bnasrlé sggle ba}?is to F%?ain reflect the sensitivity of the human ear with respect to
pitch perception THTh dstallfirstly fhe igREPROSRIE 0TS the Carer Treg e nAPaaeBd sasult is
passed on to thé"efaptaldCOLAS sthfe. TIem iths integrataniatonistainithe phaserafidedmmponent
to be synthesizeshAisinpseidakedcilatanis 2@ fabby ihe seriting pRase signak ke, 4M signal is
processed Iikewg:@f@éggog‘@g QObA 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. 25 Fig.
4c, lower block shows a preferred implementation of the overlap add operation in the case of 50%
overlap. In this itipferféfEtibRethesbosdmente actaalyeuiiked informatian froen thercurkant block is
added to the 30moirespphdingqiart that iarthessaconevipart 0ba pregeding hlagky EugbermaaLg, Fig. 4c,
lower block, illugiraies a-Gress+#hadi perati the-partion qf the block that is_faded out
receives decrea ir\%vi/f%hts fro%n J?%)Q Qe{Qg Qagt%ﬂ%m%e%tig&%hg 6 o%ﬁ%g%%%%eg ?ngre%}éﬁ/es 35

< ro

g 10T SRS Feighté BaR alréady beRplidBRAMr ERandlfzerdi#e Bd, then,

increasing_ weights _
skilled 'in the art. It is the intent, therefore, to be

limited only by the scope of the impending patent claims

only an adder

and not by the specific details presented by way of
description and explanation of the embodiments herein.

15 Depending on certain implementation reguirements of the
inventive methods, the inventive methods can be implemented
in hardware or in software. The implementation can be
performed using a digital storage medium, in particular, a
disc, a DVD or a CD having electrdﬁicallymreadable control

20 signals stored thereon, which co-operate with programmable
computer systems such that the inventive methods are
performed. Generally, the present invention is therefore a
computer program product with a program code stored on a
machine-readable carrier, the program code being operated

25 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.
30
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operation on the decoder side is necessary. However, preferably, these weights are not applied on the
encoder WO 2009/115211PCT/EP2009/001707 34 side but are applied on the decoder side in a
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addition of a suitable A in block 202c which is also illustrated by step 175 in Fig. 4d. Now, the phase is
ready for phase-controlling a sinusoidal oscillator as indicated 5 in step 176. Finally, the oscillator
output signal is amplitude-modulated in step 177 using the cross faded amplitude information of block
170. The amPifud&Hodthator such as the multiplier 203b finally outputs &SYAREEY¥E BAnd pass
signal for a certain band pass channel which, duelo to the inventive procedure has a frequency band
width which varies from low to high with increasing band pass center frequency. In the following, some
spectrograms are presented that 15 demonstrate the properties of the proposed modulation
processing sch&fes Irif oz shehmuprdtigihbbpristeaiobpam of an exterptobantorchdstral
classical music Rem, (\iiedldi)920 Fg., 7ipta Fie Fe7dmw e gorresponding spectrograms after various
methods of modulation processing in order of increasingly restored modulation detail. Fig. 7b
illustrates the si%rlwgl re%onstE}llc.tion solely from carriers. The white regions correspond to high

y

he

spectral 25 ene a.{nd Coindide it the?&cal%f?erdﬁlp&ﬁﬁerﬁ%ﬁﬁﬁn fHeSEROGrafF of tRE original
signal in Fig.7a2m@l e prts the samvesriery pdrrainédincaondinéarly keouthed:AM afid FM.
The addition of dptailds cieartyeyisibten I Fig: 7d.adstitenally tbedossaieAM, datail is 3Q gempensated
for by addition g envelone shaped ‘gage’ 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 35 the original signal in Fig. 7a
illustrates the vérydoddl-re proiefiegibn @meheifull Betdils, \Weyzios¢es211RE T/EPROS90CLTD7 36 To
evaluate the peMorindrce £ thimpeaposeslanethod, a subjective listening test was conducted. The
MUSHRA [21] type listening test was conducted using STAX high quality electrostatic headphones. A
total number of i Iijsgenﬁrs STpartici]%)ﬁléed i (t)he teglt. All subjects .can be considered as experienced
listeners. The te'st 3kt consisted SFRG itemS Tistéd i F§ 6 8RE1RE c g RaRoRS Hfidet 88Care
subsumed in Fig a8 e eRart prAve g Bdisplajyd thcostedam. Sholn a8 themeadtésults with
95% confidenceintervadsitor each item. The plots show the results after statistical analysis of the test
results forall listeners. The X-axis shows the
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15 processing type and the Y-axis represents the score according to the 100-point MUSHRA scale
ranging from O (bad) to 100 (transparent). From the results it can be seen that the two versions 20
having full AM and full or coarse FM detail score best at approx. 80 points in the mean, but are still
distinguishab¥eGri & btiginal. Since the confidence intervals of both veP§i&&E 18988 8% erlap, one
can conclude that the loss of FM fine detail is indédd 25 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 detaill MfGHRation. 36MEHHdgraaaton i@ {RGeBRRE F62 PR halmicstrortemaisient
content like glockeispit hadcharpsichord. This is due to the loss of the original phase relations
between the different components across the spectrum. However, this 35 problem might be overcome

in future versions.of.the proposed synthesis method by adjusting the carrier phase at temporal centres
of gravity of the A ]enve olp%ujcs)lonjt%%%r aﬁlggr%%%rﬁgntsp a\#@“ﬁ%%@llgﬁﬁﬁ THep20ddR01707 37

For the classicaf ¥t fenfdiAtAe tesvVsstane vbapfed deghadatioriassiatistical ) Gasighfant The
analysis/synthesisteethmdipnesént€d chald:he of use inSadiferern apEisation searArigsgneraudio
coding it could @fg@@sqagijding block of an enhanced perceptually correct fine grain scalable audio
coder the basic principle of which has been published in M. With decreasing bit rate less detail might
be conveyed to the receiver side by 10 e.g. replacing the full AM envelope by a coarse one and added
‘grace’ noise. Furthermore new concepts of audio bandwidth extension [20] are conceivable which e.g.
use shifted and altered baseband 15 components to form the high bands. Improved experiments on
human auditory properties become feasible e.g. improved creation of chimeric sounds in order to
further evaluate the human perception of modulation structure [11]. 20 Last not least new and exciting
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 25 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 30 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 pregented. A listening test has been 35 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 WO 2009/115211PCT/EP2009/001767-38demonstrate that the proposed method
provides appropriate means to bridge the gap between parametric and waveform audio processing
and moreoverrendelppew dascinatingraudioeffectsipgssibie. Thardegcribetierabodiments ate merely

llustrative for the pripglplesa b peesentinnentiant isundessigaibatmodifications and variations

of the arrgngements and the details described herein will be apparent to others 10 skilled in the art. It
is the intént, therefore, to be limited only by the scope of the impending patent claims and not by the
specific details presentéd byavapeldaseeiptidoandaxplenatign of therembodinferitb deseinids

Depending on certaig igplementgtiopxeguiremants (gﬂggymtivgéggtbggs, thedpyentive.methods
can be implemented in haquwegg of in software. The imPIem ntationhl beé)erformed usin% a digital

ca
storage medium, in particular, a dis¢, 2 VD or & Efffaving sfectranicam: FéadabRSEHirol 90 signals
stored thereon, whicAc®vopefate with prb¢rammableuesthpater sysepas suckkthat thedertive
methods @re performesp Generally: theipresentinyentionts Sierefgre aromputes rogramproduct with
a program code SLores o A WaEIDEEAUADIE GRS 1 Program code being operaled 25 fo
performing the inventive methods when the computer program product runs on a corﬁpuater.tlx other
words, the inventive RRRthEASHrel tR&TetGR, é%é)ﬁiﬁﬁér SR FRANERiINGPe PRYramitcseRIforT
performing at least ofessikamiventied mathodd whehithg comptiderprogesm funs ens;computer. 30
REFERENCES [1] M. Vinton and L. Atlas, "A Scalable And Progressive 35 Audio Codec," in Proc.
of ICAS%D 2001, pp. 3277-3280, 2001 WO 2009/115211PCT/EP2009/001707 39

a band pass estimator for estimating information of a
plurality of band pass filters based on the analysis
result, wherein the information on the plurality of
band pass filters comprises information on a filter
20 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, wherein the band pass estimator
is operative to determine the center frequencies based
25 on the candidate values;

a modulation estimator for estimating an amplitude
modulation or a frequency modulation or a phase
modulation for each band of the plurality of band pass
30 filters for the portion of the audio signal using the

information on the plurality of band pass filters; and

an output interface for transmitting, storing or
modifying information on the amplitude modulation,

35 information on the freguency modulation or phase
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Processing. 42 CLAWMSestimate the information for the plurality of band
pass filters, wherein a band width of a band pass
filter having a higher center frequency is greater
than the band width of a band pass filter having a

10 lower freguency.

5. Apparatus 1n accordance with one of the preceding
claims, in which the dependency between the center
frequency and the band pass 1is so that any two

15 frequency adjacent center freguencies have a similar

disgtance in freguency to each other on a logarithmic

scale.
6. Apparatus in accordance with any one of claims 1 to 5,
20 in which the signal analyzer is operative to calculate

a center of gravity position value for a band.

7. Apparatus in accordance with any cone of claims 1 to 6,

in which the signal analyzer 1s operative to add



1. Apparatus for converting an audio signal into a parameterized representation, comprising: 5 a signal
analyzer for analyzing a portion of the audio signal to obtain an analysis result; wherein the signal
analyzer is operative to calculate a center of gravity ggsition function for a spectral 10 representation
of the portion of the audio signal, wherein predetermined events in the center of gravity position
function indicate candidate values for center frequencies of the plurality of band pass filters; 15 a band

pass estimator for esfimating information gt.a pluralify otbband,pass filiers based op thesanalysis result,
wherein the information on the pluralig/ of band %ass filters comprises information on a filter 20 shape

for the portion of the&titi6 Sigh Sl “whérdin 8" Band VidihSt aBand pas et iskiftdrertiovér an
audio spectrum ande@peénts onlthe enter freguency &f dresharid/passstilterpwhersindieibard pass

estimator is operativeég@@;ermwlgetlggﬁ@nteﬁﬁgque@@}@@&aseqjg%rgtpg@gida%\@&qg@

modulatign estimator ;cz)lr lsﬁt\iimcaetian%rﬂ‘ am Iittégfe m%gnulaii: nara freeqfuencj)_/mmodulatiorg)%r a phase
modulatién for each band ot the plurality o banaepags elalii ers fg?ﬁwe porttloneof {H2 aldh asjrgi%al using
the information on tHEsIRFNHoEBaTEPasE fikEI8Vakd PsidUpht iNtdrfe® forRdnsmitting, storing

or modifying information on the amplitude modulation, 35information on the frequency modulation or

phase 42a modulatign gy dhe infaumation,on the Pluraliy of band pass fiters for e parton of the
audio signal. 2. Apparatus in accordance with cFaim 1, wherein the 5 signa anglyzer IS operative to

analyze the portion Wit &R to HRGampbh SIS Fer istriBafich dverfredtgricy of thEfrtion.
10

smoothed center of gravity position values over time.

8. Apparatus in accordance with one of the preceding
claims, in which the band pass estimator is operative
to determine the information of the center frequency

15 or the band width of the band pass filters so that a
spectrum from a lower start value fto a higher end
value is covered without a spectral hole, where the
lower start wvalue and the higher end value comprises
at least five band pass filter bandwidths.

20

g, Apparatus in accordance with ¢laim 1, 7or 8, in which
the band pass estimator i1s operative to determine the
information such that the frequency of zero crossings
are modified in such a way that an approximately equal

25 band pass center fregquency spacing with respect to a
perceptual scale results, where a distance between the
band pass center freguencies and frequencies of zero
crossings in a center of gravity position function is
minimized.

30

10. Apparatus in accordance with one of the preceding
claims, in which the modulation estimator is operative
to extract a band pass signal from the audic signal
using a band pass determined by the information on the

35 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.



3. Apparatus in accordance with claim 1 or 2, wherein the 10signal analyzer is operative to analyze an
audio 43 signal power distribution in frequency bands depending on a center frequency of the bands.
4. Apparatus in accordance with one of the preceding 5 claims, in which the band pass estimator is
operative to estimate the information for the plurality of band pass filters, wherein a band width of a
band pass filter having a higher center frequency is4feater than the band width of a band pass filter

having a 10loyver fr AS% R A\PParaids dp-ageerdange with Qi}?eOf the preggdin £@@§ﬂ‘f§WhiCh the
dependency between_the center fre%gfjrﬁncy agd the ﬁ)a?d'gass IS s?: thatéin two 05 fre%uer\]fc%
adjacent center freqﬁ%ﬁﬁ&q havs a“Shiidr GistareRTH e Ju%ﬂcf?o &3¢h-8ther Bn apl%lé Hithffic scale.

6Apparatus in accordancéowitindly sndoatslaivdse tos 20 whigh Bhessigrzl ahaly z&xy operative to

calculate a center ofigravity-pasition yalug fon e bapg. LABParalisda accerdagemwiaasy ene of
claims 1 to 6, in which ;:he.signal %na%zetr IS operativeC o.add 44 n%%ative power vaclues of a first half

. ob a%n kfis¥ale] ? 1onf o)1) %$] & &F' EO ula 1?n or .
of a band and adding positive power values of a second half of a®band to obtain a center of gravity
position candidate vBi@SwHBRSH 1RE eeRtet Bf BR&VINPSIth SaarkidateRafifestdrbt®ioothed over
time to obtain smoothed center of gravity position values, and

12. Apparatus 1in accordance with one of the preceding
claims, in which the modulation estimator is operative
10 to form an analytical signal of a band pass signal for
the band pass and to calculate a magnitude of the
analytical signal to obtain information on the
amplitude modulation of the audic signal in the band
of the band pass filter.
15
13. Method o©of <converting an audio signal into a

parameterized representation, comprising:

analyzing a portion c¢f the audio gignal to cbtain an

20 analysig result, wherein a center of gravity position
function for a spectral representation of the portion
of the audic gsignal is calculated, wherein
predetermined events in the center of gravity position
function indicate candidate values for center

25 freguencies of the plurality of band pass filters;

estimating information of a plurality of band pass
filters based on the amnalysis result, wherein the
information on the plurality of band pass £ilters
30 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 audic spectrum
and depends on the center frequency of the band pass
filter, wherein the step of estimating determines the

35 center frequencies based on the candidate values;



wherein the band pass filter estimator is operative to determine the frequencies of zero crossings of
the 10smoothed center of gravity position values over time. 8. Apparatus in accordance with one of the
preceding claims, in which the band pass estimator is operative to determine the information of the
center frequency 15 or the band width of the band &S5 filters so that a spectrum from a lower start
value to a higher end value is covered without a spectral hole, where the lower start value and the
higher end value comprises at least five band pass filter bandwidths. 20 9. Apparatus in accordance
with claim 1, 7or 8, in whjch the band pass estimator is operative to determine the information such
that the frequency of 78rb#64didgs are nfSlred-HoSUcH'Y Wy ARALEN apbrodmatél§ BYeRFL5 band
pass center frequensyspdéing withaespep g apercapiialtstate Esultsadierbardistaficebetween
the band pass centep freguencios ard figayensias ok2ero.arassings inrcopier obgraxity pagition
function i§ minimize%UBCQi%O.SA%%arftussig acc%g:iance J%Nith one of the ﬁpregedin clairl’zi in which the
modulation estimatof IS operativé fo-extracta band f)‘élss?gir&ﬁaﬁ%}m? e % dio® blﬁfﬁ ?ﬁfg S%and
pass determined by B hfGasetiohidit-gies 35a&hter 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. 45 11. Apparatus in
accordance with one of the preceding claims, in which the modulation estimator is operative to
downmix a band pass signal with a carrier having the center frequency of the respective band pass to
5obtain information on the frequency modulation or phase modulation in the band of the band pass
filter. 12. Apparatus in accordance with one of the preceding claims, in which the modulation estimator
is operative 10 to form an analytical signal of a band pass signal for the band pass and to calculate a
magnitude of the analytical signal to obtain information on the amplitude modulation of the audio signal
in the band of the band pass filter. 15 13. Method of converting an audio signal into a parameterized
representation, comprising:



analyzing a portion of the audio signal to obtain an 20analysis result, wherein a center of gravity
position function for a spectral representation of the portion of the audio signal is calculated, wherein
predetermined events in the center of gravity position function indicate candidate values for center
25frequencies of the plurality of band pass filters; esfifhating information of a plurality of band pass
filters based on the analysis result, wherein the information on the plurality of band pass filters 30
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, wherein th%QE%gtﬁqti%@g%ing%t%@c&p{g&rw&g{gg%&;d oh the candidate
e

values; 45a estimating an amplitude modulation or a frequency modulation or a phase modulation for

each band of the plUFERy bF BERd PRSYiRF-REF the HOROH B th8 Audte signaf usiF RSO mation
on the plurality of bandgabkstfilters; and piGsansnuttingz storing or mod#ying iformaticmorpthe

amplitude moduIatioeh@fg{m@pﬂ},thgﬂ‘rqg@ﬁacngQu@ip@é}g@h@gg magluigtion-ardhe drformation
on 5the plurality of b@ﬁg pg&agilc}egsié);lgie portion of

14. Apparatus for modifying a parameterized representation
having, for a time portion of an audio signal, band

10 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 band widths, which depend on

a band pass filter center freguency of the

15 corresponding band pass filters, and having amplitude
modulation or phase modulation or freguency modulation
information £for each band pass filter for the time

pertion  of the audio signal, the modulation
information being related to the center freguencies of

20 the band pass filters, the apparatus comprising:

a modifier for modifying the time varying center
frequencies or for modifying the amplitude modulation
or phase modulation or frequency modulation
25 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 Ifrequencies of the corregponding band
pasg filters.

30
15. Apparatus 1in accordance with claim 14, in which the
modifier is operative to modify all center
frequencies by multiplication with a constant factor
or by only changing selected center frequencies in
35 order to change the key mode of a piece of music from

e.g. major to minor or vice versa.



the audio signal. 14 Apparatus for modifying a parameterized representation having, for a time portion
of an audio signal, band 10 pass filter infolmation 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
band widths, which depend on a band pass filter center frequency of the 15 corresponding band pass
filters, and having amplitude modulation or phase mggglation or frequency modulation information for
each band pass filter for the time portion of the audio signal, the modulation information being related
to the center fiequerigset2Rthe band pass diterse thel apparatuscconaprisingl a8 madifierfoemodifying
the time varying cena{grequmsfggpr moglifying @ﬁeq_xg@ityge_mogglatioqngéfggse mggglatic_)n
Orfrequency modulation 25 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. 30 15. Apparatus in accordance with claim 14, in which the
modifier is operative to modify all center frequencies by multiplication with a constant factor or by only
changing selected center frequencies in 350rder to change the key mode of a piece of music from e.g.
major to minor or vice versa. 46a 16. Apparatus in accordance with claim 14 or 15, in which
themodifierisoperativetomodifythe 47 amplitude modulation information or the phase modulation
information or the frequency modulation information by a non-linear decomposition into a coarse
structure and a fine structure and by only



5modifying either the coarse structure or the fine structure. 17. Apparatus in accordance with claim 16,
in which the information modifier is operative to calculate a 10 polynomial fit based on a target
polynomial function and to represent the amplitude mjedulation information, the phase modulation
information or the frequency modulation information using coefficients for the target polynomials. 15
18. Method of modifying a parameterized representation having, for a time portion of an audio signal,

band pass filter informglion:fana plutlitn.abkand,pass filkersytheikand pags filterinfol paton
indicating 20 time-va%:%%band gass fi]{;er center frequencie% of band 8pass filters hivin?eb,and widths,
which depend on a B SHiiter ceéh éﬁ?&ﬁe%y Stthe resggﬁ fﬁ%rbcéﬁd 513 uﬂ1 tr%,ognd

ar 1,
pass fit
having amplitude modufatiorériptaseomodalatipar Ireg@aticy frdpimpnilbinformatié® forseach

band pass filter for the timespodiopeftheaudiagignral, thenmodidation-infermatien being #glated to the
center fr%quenc!es 0{1]‘rl %Qiaigand asg flgﬁgsr thgarréethgd comprising: %Qrggglfyg thghtlme varying
center frequencies or for mod ng thie amplitude médaration or phase modulation orefrequency
modulation informati®h8#HeH6F §enerating a modified parameterized representation, in which the band
widths of the band pass filters depend on the 35band passfilter center frequencies of the

corresponding band sy flers, 481 94nataliader modiyingia parameterized ynresentation
having, for a time portion of an audio signal, band pass filter information for a plurality of band pass

filters, the band pass-ftSHiRRTRton ittt timéSaryiRG Bahd Fass fiter Cérterfra§GenGes of
band pass filters havixag baoh width$ iwhitie depenchorea bangypasshilfeywentex freuendyiofthe

corresponding band pags filters. gd having-araplityde reogidationan Rhase modulation o frequency
modulation information for e%ch andﬁg)ggg filter for the fime portion of the audio signal, the modulation

information being relatsd td " CentBPHEGAEAGEs of te PRES fiftdrs, W appdRiE8Stprising:
a modifier for modifyirrpthkatirevaryind esnet hequensiesar foraaddityingtieampiitadetrhedulation
target polynomials.

15
18. Method of modifying a parameterized representation
having, for a time portion of an audio signal, band
pass filter information for a plurality of band pass
filters, the band pass filter information indicating
290 time-varying band pass filter center fregquencies of
band pass filters having band widths, which depend on
a band pass filter center frequency of the
corresponding band pass filterg, and having amplitude
modulation or phase modulation or frequency modulation
25 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 method comprising:

30 modifying the time wvarying center frequencies ox 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

35 band pass filter center frequencies of the

corresponding band pass filters.



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, wherein the modifier is operative to modify the
amplitude modulation information or the phase modué&tion information or the frequency modulation
information by a non-linear decomposition into a coarse structure and a fine structure and by only

modifying eithes the ggarse.stiucture.orthe fipg stucture 20, Metbod fanmodifying a-parameterized
representation havinﬁ], for a timefgortign gf. an au%igtsi r}?l, bgnd pass filter infqrmation f%r a plurality
of band pass filters, &' bard passrfilter information imc |catir?g tin‘%e-vgﬁl/ Oba%%gﬁla?s filtBF center
frequencies of band Pass filfers kewingrbaianwidies: which depprd ol 49% bahdpise filkerscenter
frequency of the correspeadieg band pass filtess.sand faving-amplitugenmodiation of phesag

mod_ula_tion or frequeanf em%%uxlag%%i_n@arbrrygti naf% ealg:flq_’%ng pgg%fgiggr f%&,tge tim%gortioggf the
audio signal, the modulation information beingre r

, ated to the center equenqieg%?{he band pass
filters, comprising: nRRFFINGARE timehrfyhgtantétIrdefifcits SF 6 mudihiRg GRPshglitie
modulation or phasesmoduitatidn opkeguendy hiosulatior=intosmatiofrangitatgenerating atmedified

parameterized represgutation jnyyhigh fhe band widths qfithe band pass fillets depend an the band

pass filter center frequencies of the corresponding band pass filters, wherein the modifying modifies
the amplitude modufaB6H HGAARIGT oPBRSh AL HoAGHAREN ﬂﬁor%’fﬁ%f?@ﬁ%e“f%%}h]eﬁ@?ﬁ‘odulaﬂon
information by a nonilirezrdetomposition intocd cdazselstieetge dnid bdine Structireaand fysonly

modifying either the gaassesstructre or thedine gtriicture. 24 Gomputer programyfospegferming, when
running on a computer, . a methad in %cc.ordanc withglaim 1?H 18, or 20. ,
information being related to the ¢enter frequencies of

the band pass filters, the apparatus comprising:

a modifier for modifying the time varying center
frequencies or for modifying the amplitude modulation
or phase modulation or frequency medulation
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,

wherein the modifier 1s operative to modify the
amplitude modulation information or the  phase
modulation information or the frequency modulation
information by a non-linear decomposition into a
coarse structure and a fine structure and by only
modifying either the coarse structure or the fine

structure.

20. Method for modifying a parameterized representation
having, for a time portion of an audio gignal, band
pass filter information for a plurality of band pass
filters, the band pass filter information indicating
time-varying band pass filter center freguencies of

band pase filters having band widthsg, which depend on



21.

49

a band pass filter center frequency of the
corresponding band pass filters, and having amplitude
modulation or phase modulation or freguency modulation
information for each band pass £filter £for the time
portion of the audio signal, the modulation
information being relzated to the center frequencies of

the band pass filters, comprising:

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 paggs filters depend on the
band pass filter center fregquencies of the

corresponding band pass filters,

wherein the modifying modifies the amplitude
modulation information or the phase modulation
information or the freguency modulation information by

a non-linear decomposition into a coarse structure and

a fine structure and by only modifying either the

coarse structure or the fine structure.

Computer program for performing, when running on a
computer, a method in accordance with claim 13, 18,
or 20.



