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ABSTRACT

A key building block in music transcription and indexing ope
tions is the decomposition of music signals into notes. Weeho
a note signal as a periodic signal with slow (frequencyetisie)
amplitude modulation and global frequency-warping. Gldba
guency-warping allows for an inharmonic frequency modofgt
while the global amplitude modulation allows the varioushan-
ics of the periodic signal to decay at different speeds. Tobaj
frequency-warping is achieved by a Laguerre transfornt (tha
shown to fit stiffed strings inharmonic behavior). Assumandy
ditive noise, the estimation of the model parameters andphe
timization is performed in a Harmonize-Extract fashionm8ia-
tions illustrate that the extraction technique overstégslimita-
tion of the global AM-FM representation and analysis teqhes
and allows the processing of inharmonic string instruméets.
piano).

1. INTRODUCTION

Motivated by the relationship between AM and FM modulation
and the processes of sound production and perception,rapect
based techniques for the analysis, transformation andheyist of
audio signals have received considerable interest in thepater
music community. The interested reader is referred to [3] &yr
more comprehensive reviews and better coverage.

One of the most successful and ubiquitous is the family of
parametric representations based on the sinusoidal mgdegdira-
digm. The sinusoidal transform, originally developed bya@eri
and McAulay [4], represents a signal as a sunPdaliscrete time-
varying sinusoids or partials:

>

k=0

s(n) a(n) cos (¢x(n)) ()

A variety of approaches has been proposed in the literature t
perform AM-FM signal decomposition. Among them, the fam-
ily of time-frequency representations has been relatigelycess-
ful due to their implementation simplicity and their capepiof
handling noise to some extent. These generally employ frame
based non-parametric spectral analysis techniques totqetaks
corresponding to sinusoidal-like components. Varioubneges
have been proposed for accurate peak localization basedren n
linear interpolation (e.g. [5]), dichotomy (e.g. [6]) andhigh-
resolution analysis (e.g. [7, 8]). Subsequently, thes&kpeaae
linked across consecutive time frames [9, 10] and/or cattdre-

mants. Next, the instantaneous AM and FM signals are individ
ally tracked for the different formants. In [15], we haveroduced
an alternative approach for AM-FM audio signal decompositi
Instead of addressing individual frames and/or formaits,har-
monic structure and temporal consistency are both expldite
identify modulations that are common to all partials of aegiv
sound. We have considered a periodic model with non-integer
period and global AM and FM modulation (i.e., global ampli-
tude variation and time-warping). The proposed scheme does
treat the harmonics of an audio signal separately as a sififiple
ter bank approach would. Rather, the energy in all harmasics
exploited jointly through the treatment of the completeiqdic
signal, in order to robustify the estimation of its modwatichar-
acteristics. The Global Modulation (GM) assumptions hélp t
separation of audio signals that have harmonics in comman. F
thermore, valuable information could be obtained by irdlially
analyzing the model parameters. Indeed, global amplitadia-v
tion reflects mostly attack, sustain, and decay of the whote n
signal, whereas global time-warping allows for the detectf
musical effects (e.g. vibrato, glissando, etc). In [16] B
representation was further developed by introducing auiaqy-
selective global amplitude modulation. The amplitude atéons
of the various harmonics are modeled using a short FIR fitizgtr t
introduces a frequency-selective attenuation (allowinglifferent
attack/decay modes), and this in a time-varying fashiorefiect
the time-varying amplitude. Simulations show that the pszul
scheme is suitable for the analysis of several string and win
struments [16], and shows good potential for music trapton
applications [17].

The GM-based models allow a parsimonious representation of
the instantaneous amplitude of the different partials,cwhéads
to a good estimation vs. modeling noise tradeoff and an effec
tive signal decomposition. The proposed representatibos;-
ever, allow only for (slow) variations of the fundamentaduency
and assumes perfect harmonicity [15, 16]. For many musical i
struments, the harmonic assumption does not match due to the
stiffness of the string and non-rigid terminations. Fortanse,
it is generally agreed that the characteristic timbre ofpia@o is
caused in part by the inharmonicity. Moreover, observirgg the
frequency partials are not at the expected ‘ideal’ speldcations
is essential for the wide-band pitch estimation and spectepa-
ration of harmonic sounds [19]. In this respect, some pamsigus
models for inharmonicity were introduced based on the misysi
of musical instruments. The most common model expresses the
partials position function of the fundamental frequencyl ane
string stiffness coefficient [19]. An alternative approacim-

quency bands [11, 12]. A second class of approaches addresscs the inharmonic behavior of a stiffed string using a Lague

AM-FM decomposition using multiband filtering and demodula
tion [13, 14]. The basic idea is to first locate local spectos

transform [1]. In both approaches, the accuracy of the egtim
of the partials position is crucial (to identify the stifgge coeffi-
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cient or the Laguerre parameter). On the other hand, thim&st
tion is inevitably contaminated by ambient noise, weakdnais-
sion/reproduction artifacts, and quantization errorstditbe DFT
processing. Therefore, contrary to the state-of-the@pt@aches,
we propose a time-domain Harmonize-Decompose approatin (wi
no explicit estimation of the partial positions): the audignal is
first harmonized via a Laguerre transform, and then decoetpos
using the quasi-periodic signal extraction. The Laguexcédr to-
gether with the harmonic model parameters are optimizetd suc
that the output signal best fits the GM model.

The remainder of this paper is organized as follows. In Sec-
tion 2, a brief overview of the global AM-FM signal represant
tion and analysis techniques is presented. Next, the Ham@on
Decompose scheme is introduced and experimentally igzatst
in Sections 3 and 4, respectively. Finally, a discussion comd
cluding remarks are provided in Section 5.

2. GLOBAL AM-FM SIGNAL REPRESENTATION

In sinusoidal modeling, the signal is expressed by a sumalfrev
ing sinusoids as in (1), wherg,. (n) represents the instantaneous
phase of the:‘* partial. Since the energy of the audio signal is
concentrated around the multiples of the fundamental fraqu
fo, ¥x(n) can be decomposed into

Yr(n) = 2rknfo + 2mpr(n) 2

music sounds: pitchy), intensity @(g)), and timbre €). The
proposed enhancement technique can also be interpreteslias a
of a scaled, translated and modulated harmonic at)m Klow-
ever, contrary to the classic atomic decomposition apjresdhe
dictionary is not fixed: the atoms are adapted taking intcsictar-
ation the structure of the received signal.

3. INHARMONIC GLOBAL AM-FM SIGNAL

REPRESENTATION

Frequency-selective global modulation leads to a parsiousirep-
resentation that efficiently models the different modessfdanta-
neous amplitude variation with a limited parameter rate @k-
erage number of parameters that appear in the descriptioneof
second of the signal). This fact leads to a good estimatiomesl-
eling noise tradeoff and an effective signal decompositidine
proposed representation, however, allows only for sloviatians

of the fundamental frequency and assumes perfect harnyonici
For many musical instruments (e.g. piano lower tones), tre h
monic assumption is not matched and the proposed modetdails
model and properly extract the musical notes [16]. Unfaataly,
estimating the inharmonicity is a complex problem [11] aed r
quires prior decision on what is harmonic and what is nottteur
more, the fundamental frequency of the harmonic series brist
known with high accuracy in order to avoid incorrect rendgrbf
the higher order partials (since frequency errors gengirattease

whereypy,(n) characterizes the evolution of the instantaneous phase¥ith partial order). Last but not least, the signal re-spsth from

around thek*" harmonic, and can be assumed to slowly vary over
time. In [16], we have assumed that the time variations ofrihe
stantaneous amplitudes and frequencies of the differentdrécs

are correlated, and we have expressed the audio signal aga su
position of harmonic components with global frequency ctéle
amplitude modulation and global time-warping, i.e.,

where:
-an(q) = anrq" + - 4 ano+ -+ anrqg L isasymmetric
zero-phase FIR filter, a2+ 1 denotes the amplitude modulating
filter length. The introduction of, whereq™" is the one sample
time delay operatorg~'6(n) = (n — 1), allows us to introduce
a compact notation of transfer functions in the time domain.
-0(n) = Y, arcos 2k fon + @) is aT = ceil {%} peri-
odic signal (normalized waveshape), having a constanttispac
over the whole signal duratiofi(n) characterizes the spectral en-
velope of the audio source, and may be considered as a signhatu
for the source (e.g., musical instrument) identificatiod egcog-
nition applications.
- p(n) denotes the global phase modulating signal that can be in-
terpreted in term of global time-warping. The global phaseloa
lation allows an accurate modeling and tracking of the fumeia:-
tal frequency variations, but does not account for the imtwawic
effects that may be present in the signal.

Audio enhancement and/or separation is performed by adjust
ing the degrees of freedom (in(q), , andf) such that the re-

s(n) =an(q) 0 (n + @ ?3)

0

a rigid model results in an artificially and dull sounding eudue
to the static relationship between partials [18].

Generally, a frequency-warped signal could be implemented
by processing the input signal with the time-varying filter:

An(q) = An—1(q) * A(q) 4)

where A(q) is an all-pass filter that characterizes the frequency-
warping. The warping scheme could be effectively expressed
implemented using a dispersive delay lines structure [111dh
Remark that the global time-warping (introduced in the QB®B&C-
ture) could also be interpreted as a linear frequency-wgrpind
expressed as in (4), wher(q) = q "% accounts for the non-
integer periodicity of the input signal. Another well intiggted
choice ofA(q) is the first-order all-pass filter

¢ —b

Ag) = 1_71)(],1

(6)

By varying the real parameterl < b < 1, one obtains the family
of Laguerre curves shown in Figure 1. It has been reported tha

‘1

ceived signal matches the best with the assumed model (in the

least-squares sense). The degrees of freedom are estimated
cyclic fashion. The proposed technique was shown to beteffec
for musical signal enhancement and separation [16]. Furitwe,
the different parameters are related to the three basiar=ain
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Figure 1: The family of Laguerre warping maps.
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(with an appropriate choice of the Laguerre paraméjen La-
guerre curve closely matches the distribution of the parththe
low-pitch piano tones, and is consistent with the eigenfeagies
derived from the physical model of stiff strings [20]. Thetiogal
Laguerre parameter was derived as a function of the fundamen
tal and the shifted frequencies [1]. In this paper, we prepas
alternative approach that does not rely on an explicit exton
of the partials positions. The basic observation is thatgibbal
modulation representation and its extraction accuraceuieémn
the uniform spacing of the frequency peaks. The extracticor e
is minimized if an appropriate warping curve compensate#fo
harmonicity.

Taking into consideration the inharmonicity in the globa!iAM
representation, the audio signal could be expressed as:

so(n)> }

fo

whereF, {.} denotes the Laguerre transform operator.
Given that the amplitude modulation filter varies slowly otime

and that the Laguerre parameter is generally small (limfiteel
guency warping), the audio signal could be approximated as:

w(n)> }
fo
Therefore, we propose a time-domain Harmonize-DecompdiSg (
approach that jointly optimizes the Laguerre transfororatind

AM-FM decomposition:
2
. . 8
Ay )} e

wherey,(n) = F, ' {y(n)} = F_, {y(n)} is the harmonized
received signal (the link between the Laguerre transforits a-
verse is a consequence of the mirror symmetry of the Laguerre
warping curves (Figure 1)). By plotting the curve of normet
decomposition error (defined in (9)) function of the Lagequa-
rameter (see Figure 2), we have noticed that the decompositt
ror is generally a convex function of the Laguerre paramédteus,
we propose a fast golden-section scheme to search/idémtifyp-
timal parameteb. The (fast) quasi-periodic signal extraction al-
gorithm is used for the AM-FM decomposition of the harmodize
audio signal [16].

s(n) = an(q)F {9 <n + 6)

s(n) = Fp {an(q)9 <n + (7)

() — an ()8 (n n *"}1’)
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Figure 2: Decomposition error vs. Laguerre paraméttar the
piano tonesA2 (left) andG3 (right).

DAFX-

4. EXPERIMENTAL RESULTS

We validate the proposed extraction approach using reabsay-
nals. The audio signals were recorded at 44.100 kHz, them-dow
sampled to 11.025 kHz. We have computed the normalized de-
composition error:

S (7 fm) —3m)’
>, y(n)?

where]-'g’1 {y(n)} is the harmonized received signal af(eh) =

Err =

9)

an(q)0 (n + %) is the reconstructed harmonic signal with global

AM-FM modulation. Note thab" F=' {y(n)}* = 32, y*(n)

as the Laguerre transform is unitary ?energy preservingyfiL1].
Remark also that due to the energy preservation propegyjdh
malized decomposition error is also a good measure of the en-
hancement accuracy of the overall scheme (after recotistnjic

We have compared the harmonic global AM-FM decomposition
(computed with Quasi-periodic Signal Extraction (QPSHjoal
rithm [16]), and the proposed Harmonize-Decompose approac
(that we refer to as HD-QPSE). The smoothing AM and FM mod-
ulation factors were set th, = Ty = T, = 3T (T = ceil(1/ fo)

is the period of the harmonic component, assumed known). The
Laguerre transform was computed using the short-time Lrague
transform (segmented with a 512 length Hamming window with
50 % overlap).

Fig. 3 and 4 plot the normalized decomposition errors for pivo
ano tonesd2 andG3. As a reference, we have plotted the decom-
position accuracy of a time-frequency based representafitie
desired signals were retrieved using an ABSOLA analysigimsis
algorithm (with peaks interpolation and tracking) [1, Ch10n

the time-frequency processing, the block size, zero-padtic-

tor, and maximum number of sinusoids were sei1®, 2, and32
respectively (the signals were segmented using a Hamming wi
dow with 50% overlap).

— — ABSOLA | A
- — — QPSE
HD-QPSE

-10}

Decomposition error (in dB)

—12}F

-14 . L L
) 5 10 15 20
AM order

1 Figure 3: Normalized decomposition error function of theptim
| tude modulating ordeF (piano toneA2).

1 Curves show that the Laguerre transformation effectivelngen-

sates the piano inharmonic effects and considerably ingsrtive
extraction accuracy. The relative enhancement does nehdem
the AM-FM modeling (the order of the amplitude modulating fil
ter), and it is more critical for lower tones (as the inharmiin
artifacts are more severe).
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Figure 4: Normalized decomposition error function of theplim
tude modulating ordeF, (piano toneG3).

Applying the HD-QPSE scheme on guitar signals shows a lanite
improvement over the harmonic QPSE analysis. The impromeme
vanishes if we relax the zero-phase constraint of the anuait
modulating filter (e.g. by considering causal filters). Iclsa
case, the AM filter tracks the variations of both amplitude- (e
pressing the various decay modes) and phase (accountitigefor
guitar (slight) inharmonicity). Indeed, because the gustang is
only slightly inharmonic§ << 1), the Laguerre update filter could
be approximated by:

-1
_4q —b
Alg) = =

Thus, one could express the Laguerre transform as a linezothm
ing of the time-varying amplitude modulating filter (sirmil@ is
proposed in [16]).

~—b+(1—-b)g " +bg’ (10)

5. CONCLUDING REMARKS

In this paper, we have investigated signal enhancemenitpods
exploiting the structure of the audio signal and accountorgn-
harmonicity artifacts. Contrary to the state of the art apphes,
our scheme does not require an explicit estimation of thégbsir
positions. We propose a Harmonize-Decompose approachewher
the audio signal is first harmonized via a Laguerre transfeinemn
decomposed using the quasi-periodic signal extractiore Od
guerre factor and global harmonic AM-FM parameters areljpin
optimized such that the output signal best fits the globaluteed
tion model. Simulations show that the HD extraction techeiq
oversteps the limitation of the global AM-FM representatand
analysis techniques and allows the processing of inhamrstring
instruments (e.g. piano). We have also observed that at stigh
harmonicity (e.g. in a guitar) could be considered by relgxthe
zero-phase constraint on the amplitude modulating filter.
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