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ABSTRACT

This paper describes research into signal transformation op-
erators allowing to modify the vibrato extent in recorded
sound signals. A number of operators are proposed that
deal with the problem taking into account different levels
of complexity. The experimental validation shows that the
operators are effective in removing existing vibrato in real
world recordings at least for the idealized case of long notes
and with properly segmented vibrato sections. It shows as
well that for instruments with significant noise level (flute)
independent treatment of noise and harmonic signal compo-
nents is required.

1. INTRODUCTION

Signal parameter transformation is one of the main inter-
ests in professional audio applications. Today there exist
numerous methods allowing the independent transforma-
tion of pitch, spectral envelope, and duration achieving in
many cases signal quality that is not distinguishable form a
real recording, and accordingly new possibilities can be ex-
plored. One of the potentially very interesting objectives is
expressive signal transformation. Under this term we will
understand a dynamic signal transformation that has the ob-
jective to add or change the perceived affective state of the
sound. Expressive speech signal synthesis has become an
increasingly active research area [[1} 2 3} 14, 5] and expres-
sive music signal synthesis has already become a reality for
instrument sound signal synthesis [6ﬂ Compared to the
expressive sound synthesis the topic of expressivity trans-
formation is significantly more complex because we do not

* Now with Audionamix, Paris

I'This side by side presentation of expressive speech and music synthe-
sis does not intend to imply that expressive effects will be generated by
means of similar means for these two signal classes.

have as much control and information about the sound sig-
nal to be transformed, and moreover, we may have to re-
move an existing expressive parameter variation to be able
to introduce the desired expressivity. For expressive speech
transformation there exist only rather few approaches [[7, 8]
that generally start with a neutral input signal.

In the present paper we will investigate into the problem
of manipulating vibrato, which one of the important expres-
sive means for the case of musical input signals. There exist
quite a few studies that are related to the manipulation of
vibrato [9} 110, [11} 112, [13) 114, [15]]. A common starting point
for all these studies is the estimation of the fundamental fre-
quency, which is then followed by a separation into a slowly
evolving fundamental frequency contour and the fast orna-
mentation contour representing the vibrato. The approaches
then diverge and establish different control strategies for the
adaption of the partial amplitudes and frequencies. The ob-
jective of vibrato manipulation can be diverse. The most
ambitious case requires independent manipulation of the vi-
brato parameters extent (vibrato amplitude), rate (modula-
tion frequency) and form (contour). While the order-2 sinu-
soidal model introduced in [[13]] provides theoretical means
to control the vibrato form, to the best of our knowledge,
this has not yet been considered in a practical implementa-
tion. Vibrato rate manipulation can be obtained by means of
pitch shifting the modulated parameter contours using again
either the order-2 sinusoidal model, or by means of the ana-
lytic signal of the modulated parameter [[11]], or by means of
using time domain OLA techniques combined with resam-
pling.

In the present study we limit ourselves to the problem
of the modification of the vibrato extent. The basic idea
of the method is conceptually simple. It consists of apply-
ing the separation into slowly varying contour components
and modulated ornamentation not only to the fundamental
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frequency but to all other sound parameters as well. The vi-
brato control manipulation will then become a simple mix-
ing of the modulated parameter component. This strategy
can in principle be applied to sinusoidal partial parameters
(amplitude and frequency trajectories) as well as to the com-
plete spectral envelope of the modulated sound. The spec-
tral envelope based method allows to unify the treatment of
the sinusoidal and noise modulations and therefore it will be
used in the following discussion. When compared to meth-
ods using explicit sinusoidal models as for example [13}[14]
the proposed method is simpler yet rather efficient. We note
that nearly all existing studies focus entirely on the effect
of the vibrato on the sinusoidal components. There exist
only very few studies dealing with the effect of the vibrato
on the noise components of the sound [16]]. The present
experimental investigation shows that the modulation of si-
nusoidal and noise components that is induced by vibrato is
not synchronous. Therefore, the effect of the vibrato on the
noise component cannot be neglected when a perceptually
convincing removal of the vibrato is desired.

For the experimental investigation we have selected to
use the problem of removing vibrato from a monophonic
music instrument recording. The idea is that removing sig-
nal modulations is perceptively the most critical operation
because any residual modulation will be easily perceived.
Due to the fact that the presence or absence of modulation
can be judged rather easily even when only a low level of
modulation is present the problem allows for relatively sim-
ple perceptual evaluation. Please note as well, that the in-
vestigation is only concerned with the transformation of the
extent of the vibrato ornamentation. Many other problems
exist that should be addressed. Examples are the problems
related to the detection of vibrato [17, [18]], the change of
the vibrato rate when time stretching a signal, the coher-
ent transformation of note transitions, and the generation of
concrete pitch and spectral envelope modulation contours if
vibrato should be added to an unmodulated signal.

The organization of the article is as follows. In section[2]
the model of vibrato generation is presented and discussed.
Based on this model section 3| introduces dynamic signal
transformation operators that allow to remove the effects re-
lated to vibrato with different levels of refinement. In sec-
tion ] these operators are experimentally evaluated using a
real world flute signal and section |3| describes the conclu-
sions that can be drawn from the investigation.

2. SIGNAL MODEL FOR VIBRATO
ORNAMENTATION

Vibrato is an expressive ornamentation that is frequently
used in music [[19}[14]]. The term vibrato is generally under-
stood to refer to a quasi periodic modulation of the pitch or
fundamental frequency. But, as will become clear in the fol-

lowing, pitch modulation without energy and timbre modu-
lation does not exist in real world sound sources. Therefore,
a realistic manipulation of vibrato requires a coherent trans-
formation of timbre and energy modulations as well. We
have selected vibrato for our experimentation with expres-
sive signal transformation because: first it is widely used,
second it includes effects like energy and timbre modulation
and third, due to its periodic nature it is perceptually much
easier to evaluate to access than for example note transi-
tions. Transformation of expressive note transitions are cur-
rently under investigation and will not be addressed in the
present study.

Vibrato is generally produced by means of a periodic
variation of the fundamental frequency of the musical note.
Accordingly, the vibrato signal has a quasi-periodic varia-
tion of the fundamental frequency around a central value.
Perceptually, this modulation does not directly affect the
perceived pitch of the note [19]. The perceived pitch of vi-
brato notes has been investigated repeatedly and has been
found to be given by the a value close to the mean pitch
over a vibrato period [20]]. For short vibrato of less than 2
vibrato periods the perceived pitch is affected more by the
end of the pitch evolution [21]]

Different signal models including pitch variation with
constant spectral envelope, pitch and amplitude modulation
as well as pitch, amplitude and spectral envelope modula-
tion have been compared in [14} [15]. In a natural physical
musical instrument (including singing voice) the modifica-
tion of the fundamental frequency will necessarily be ac-
companied by amplitude and timbre modulation. On one
hand the partials are moving continuously through the dif-
ferent resonances of the sound source resonator which will
generate an induced timbre modulation. The change of the
pitch will moreover require a reconfiguration of the physi-
cal configuration of the excitation and the resonating parts
leading to a more or less pronounced timbre modulation.
Perceptual experiments have shown that the timbre modula-
tion that comes with the vibrato modulation is perceptually
more important than the fundamental frequency modulation
itself [[12]] and that vibrato without independent timbre mod-
ulation does not sound natural and physically plausible [14]].
An interesting question that arises is related to the modula-
tion of the noise components of the signal. Noise compo-
nents do not necessarily take the same acoustic path and
therefore, we assume in the following that the modulation
of the noise components will not be in sync with the modu-
lation of the sinusoidal components.

Based on the results discussed so far we will establish
our vibrato transformation algorithm taking into account pitch
as well as amplitude and timbre modulation. For each par-
tial we assume a amplitude trajectory that is given by

Ag(n) = exp(S(wi(n),n)), M
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where Ay, represents the time varying amplitude of partial
k, n is the discrete time, S(w,n) is a quasi-periodically
time-varying spectral envelope obtained from the log am-
plitude spectrum that modulates due to the physical recon-
figuration of the instrument and wy, is the quasi-periodically
time-varying frequency of partial k. We note that the exist-
ing amplitude modulation and also potential amplitude esti-
mation errors that may be related to the modulation are ab-
sorbed into the time-varying spectral envelope S. Similarly
for the noise component we assume a time varying distribu-
tion of the log amplitude spectrum given by N (w,n) that
may have a periodic structure in n.

3. VIBRATO TRANSFORMATION

The objective of the present section is to develop an algo-
rithm that allows continuously controlling the vibrato ex-
tent. This control is performed for the part of the note that
is located between attack and release and the region of at-
tack and release are assumed to be known. In the following
experiments the attack and release segments have been ob-
tained by means of manual labeling.

vibrato filter

0 ‘ ‘
—filter transfer fucntion

—10} —— minimal vibrato freq |
-20+ 1
=30+ 1

fie)

S, -401 1

<
-50+ 1
-60+ 1
MM ]
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0 5 10 15 20

Freq [Hz]

Figure 1: Vibrato filter transfer function for a vibrato filter
assuming minimum vibrato frequency of 4Hz and 2 filter
length of 2 times the maximal vibrato period.

To achieve this control the time-varying fundamental
frequency and the time varying spectral envelope S or NV
will be represented by means of a superposition of a con-
stant and a quasi periodic part. The constant part is de-
rived by means of smoothing the time varying evolution of
w(n) and S(w, n) over the local period of the fundamental
and the quasi periodic part is then the difference between
the original function and the smoothed version. Accord-
ingly, the vibrato control can be achieved by means of syn-

chronously scaling the dynamic part of the fundamental fre-
quency and the spectral envelope as follows

wy(n) wy(n) + awy(n) 2
S(w,n) = S(w,n)+ aS(w,n). 3)
N(w,n) = N(w,n)+ ozN(w, n). 4)

Here w, S and IV are low pass filtered versions of w, S(w, n),
and N(w,n) and @, S, and N are the respective high-pass
residuals that represent the modulated part of the related pa-
rameter. « is the control parameter that can be used to scale
the modulation. Note, that the spectral envelopes are using
log amplitude representation such that the variation is scaled
geometrically. When compared to existing approaches for
manipulation of the spectral envelop modulation the pro-
posed scaling operator has a number of advantages. We dis-
cuss 2 examples. [9] proposed to find the target contour
of the transformed envelope by means of interpolating be-
tween two waveform tables. The two tables were obtained
at the time positions related to the extreme values of the
fundamental frequency that were determined for each vi-
brato period. As interpolation control variable they used
the instantaneous fundamental frequency. [15] uses a sim-
ilar principle interpolating two spectral envelopes obtained
from the extreme positions of the fundamental frequency.
They proposed to control the linear interpolation by means
of a sinusoidal interpolation contour. Both approaches suf-
fer from 2 problems. First, they make a hypothesis about
the form of the fundamental frequency contour, notably that
there exist two robustly identifiable positions that can be
used to anchor the interpolation. Second, and more impor-
tantly, they cannot represent the original signal. Even if no
signal transformation is desired the model would still not
create the unmodified spectral envelope. In contrast to this,
the transformation proposed in eq. (3) will always be a neu-
tral operation for « = 0 and second it will preserve the
local form and evolution of the envelope modulation even
for a! = 0 as well as the phase relations between the mod-
ulations of the fundamental and all the partial amplitudes.

In the following we will assume that the sound sources
are quasi harmonic such that the scaling of the frequency
trajectories can be obtained by means of dynamic transpo-
sition. Accordingly, instead of operating the frequency tra-
jectories of the individual partials only the fundamental fre-
quency trajectory wp(n) needs to be treate(ﬂ

3.1. Extracting modulated parameter contours

To achieve the separation between the two parameter con-
tours that are required for each parameter to establish eq.
(3) we propose to use a FIR filter that is given by a stan-
dard window function having at least 2 times the length of

2 Note however, that the same principles could be applied to the indi-
vidual amplitude and frequency parameter contours of a sinusoidal model.
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Figure 2: Result of vibrato suppression on a real world

vibrato note of a flute signal using vibrato filter shown in
fig. E} See text for more explanations.

the period of the minimal vibrato frequency. The window is
normalized to have a sum of 1. The advantages of this filter
specification are the facts that

o the filter has linear phase

e the transfer function can be dynamically adapted to
the vibrato frequency such that the zeros of the trans-
fer function are located at the harmonics of the vi-
brato frequency.

In the following we use a Hanning window, but other
window functions may be used. fig. |l{ shows the transfer
function obtained by means of using a Hanning window of
0.5s which is 2 times the period of a minimum vibrato fre-
quency of 4Hz. The minimum amplitude rejection above
the vibrato frequency limit is 30dB. Note that fundamental
frequency variations of about 3Hz are already attenuated by
about 20dB.

The application of the vibrato suppression filter to a flute
vibrato of about 6Hz is shown in fig. 2} In this example the
limiting parts of the smoothed f0 trajectory have been re-
placed by constant values for the range of values where the
window is not completely inside the trajectory. The resid-
ual that results after subtracting the smoothed FO trajectory
from the original FO trajectory is shown in fig. 8] The sam-
plerate of the FO trajectory in the present and all following
cases is 100Hz.

3.1.1. Determining the target FO contour

In the following section the relation between the original
and smoothed fundamental frequency trajectories will be

FO trajectory of extracted vibrato

\ - extractéd vibrato \
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H \ \\ |

\ ‘ \
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n_Q
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\_

0.5 1 1.5 2 25
time [s]
Figure 3: The vibrato residual obtained by means of sub-

tracting the smoothed f0 trajectory from the original trajec-
tory shown in fig. E} See text for more explanations.

used to derive the signal transformations that are necessary
to obtain a convincing control of the vibrato extent. To
achieve the control of the vibrato extent the control param-
eter « is used and a segmentation of the fundamental fre-
quency sequence into segments with and without vibrato is
assumed [17]]. The segments with vibrato are collected into
a group of segments that are accessed individually by means
of index k. This parameter « is then used to obtain the target
fundamental frequency for segment k as follows

(Fi(n) —

where F},(n) is the original fundamental frequency trajec-
tory, F,(n) its smoothed counter part and F, tqrget (1, @)
the fundamental frequency target trajectory. Accordingly,
by means of setting @ = 1 the fundamental frequency is
kept unchanged, with o = 0 the vibrato is removed, o =
—1 the vibrato is inverted and with o = 2 the vibrato extent
can be amplified.

F target(n, o) = Fr(n))a+ Fy(n), (5)

3.2. Signal transformation

In this section a number of vibrato transformation algorithms
will be developed that provide an increasing level of refine-
ment with respect to the effects that can be taken into ac-
count. The idea here is to experimentally evaluate the dif-
ferent strategies on the perceptually most demanding trans-
formation that removes the vibrato completely (o« = 0). The
different strategies will then be evaluated on a short exam-
ple such that the required level of refinement for high quality
vibrato control can be determined.

The transposition to be used to transform the pitch of
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the sound signal is given by

o Fk,target (nv a)

3.2.1. PS: preservation of spectral envelope

The first level of refinement consists of the application of
the dynamic transposition specified in eq. (6) under preser-
vation of the spectral envelope. This preservation is done
by means of estimating the spectral envelope with the spec-
tral envelope estimator proposed in [22| 23|]. The related
transformation operator is denoted as PS(«). This opera-
tor allows to take into account the timbre modulation that
is induced by the modulation of the fundamental frequency
assuming that the spectral envelope does not change with
the modulation of the fundamental frequency.

3.2.2. PSCS: correction of spectral envelope modula-
tion

In case that the modulation of the spectral envelope is per-
ceptually significant after vibrato modification a refinement
of the previous model is needed that allows to remove the
modulation of the spectral envelope. This can be achieved
by means of smoothing the spectral envelope. Similar to the
procedure described for calculating the transformed funda-
mental frequency the PSCS(«v) operator calculates the tar-
get spectral envelope by means of eq. (3). The extraction of
the non modulated part S(w,n) of the spectral envelope is
done similar as for the FO trajectory besides that here we use
a simple rectangular window having the length of approx-
imately the spectral vibrato period. Again the modulated
part of the spectral envelope S (w, n) is obtained as residual
after subtraction S(w,n) from the original envelope. Note,
that the demodulation proposed here for spectral envelope
smoothing will at the same time remove amplitude modu-
lations and timbre modulations related to local deformation
of the spectral envelope.

3.2.3. PSCTRT/PSCTNRT: correction of timbre modu-
lation with and without residual transformation

The PSCS operator allows taking into account the modula-
tion of the spectral envelope. In the experimental investi-
gation we found, however, that noise and harmonic compo-
nents do not follow the same modulation pattern. Accord-
ingly, the smoothing of the spectral envelope will not re-
move the modulation in the non harmonic parts of the spec-
trum. To be able to handle 2 different modulation patterns in
the noise and harmonic spectrum two variants for correction
of timbre modulation have been developed. Both versions,
the PSCTRT(«) as well as the PSCTNRT(«v) operator es-
tablish a separation of the signal into harmonic components

and residual noise. This separation of harmonic and non
harmonic signal components is done with a standard har-
monic sinusoidal model [24]. The harmonic component of
the sound is treated with the PSCS(«) operator. The target
envelope for the noise component is again calculated using
eq. but in the case the noise envelope is calculated us-
ing a small order AR model of the residual. In the present
experiment we use an AR order of 20. The separation into
modulated and non-modulated noise filter is done strictly
equivalent to the method discussed above. The difference of
the PSCTRT and the PSCTNRT operator is then that the for-
mer transposes the residual with the harmonic signal when
the fundamental frequency modulation is removed and the
latter extracts the residual before transposition such that the
residual signal is not transposed. The difference is expected
to be important when the residual signal contains sinusoidal
components that may or may not be modulated with the fun-
damental frequency.

4. EXPERIMENTAL RESULTS

In this experimental evaluation the different versions of vi-
brato manipulation operators have been applied to differ-
ent signals, e.g. singing, cello, and flute. In the following
the results obtained for the flute signal will be presented
because for this signal a version with and without vibrato
was available. Moreover, for the flute signal a strong noise
component is present such that all the different strategies
for the treatment of timbre modulation can be evaluated.
All signal transformations have been performed with an en-
hanced phase vocoder implementation that has been devel-
oped at IRCAM. Results obtained are not bound to this tech-
nology however, and many other approaches can be used
to achieve the same results. The separation of sinusoidal
and residual components has been performed using a har-
monic sinusoidal model using a parameter estimation based
on quadratically interpolated amplitude of spectral peaks
[25]] without any bias correction [26].

In the top row of fig.[]the spectrogram of a short extract
of two original flute signals played by the same player on the
same flute with and without vibrato is shown. The pitch of
both notes is approximately at 950Hz. The 4 spectrogram
displayed below are extracts of the signals transformed us-
ing the 4 vibrato modification operators defined above. In
the center left position the result of operator PS(0) is dis-
playe The fundamental frequency modulation has been
removed but all partials as well as the noise still present a
clear amplitude modulation. Perceptually this modulation is
rather strong leading to a very unsatisfying result. In the fig-
ure in center right position the results after additional trans-
formation of the spectral envelope modulation by means of

3For sound examples please visithttp://anasynth.ircam.fr/
home/english/media/dafxll-demo-vibrato-removal
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Figure 4: Experimental results for vibrato removal using the different operators described in the text. The top left figure
shows a spectrogram of 2 seconds of a flute signal with vibrato, on the top right the same flute playing the same note without
vibrato. The bottom 4 figures show the spectrogram of 4 different vibrato extent transformation operators introduced in the

text. See there for detailed explanations.
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the PSCS operator is shown. The amplitude modulation
of the partials is significantly reduced. Note however, that
the amplitude modulation of the noise is now significantly
stronger. This is clearly visible for partials 3 and 7 that in
the spectrogram of the original signal with vibrato both ex-
hibit a strong amplitude modulation while the surrounding
noise does not or hardly modulate in amplitude. After trans-
formation the noise modulation around these 2 partials is
significantly increased. Partial 5 in contrast does not suffer
from this effect because partial and surrounding noise have
approximately similar amplitude modulation.

The last row of fig. ] shows the results obtained with the
complex operators that separate harmonic and residual com-
ponents and separately treat the spectral envelope modula-
tion of both components. Both operators achieve a signal
with a spectrogram that is very close to the flute signal with
no vibrato in the top right figure. Both operators suffer
from partial tracking problems in the areas where partials
disappear in noise. This effect is perceptually weak, how-
ever, when carefully listening with headphones it can be per-
ceived. It should be noted however, that it is easy to imagine
a situation where this effect becomes a perceptual problem
in which case a more complex transformation operator al-
lowing for partial reconstruction would be required. The
PSCSRT operator exhibits a slight modulation of the noise
resonance that is located between partials 1 and 2 which is
due to the fact that this operator applies the dynamic trans-
position that is required to remove the frequency modulation
to both residual and harmonic component. In the informal
listening tests with expert listeners this difference is hardly
perceivable.

5. CONCLUSIONS

The present paper investigated into the problem of modifi-
cation of the vibrato extent assuming that segments with vi-
brato are marked by a preceding analysis. The proposed sig-
nal operators are entirely based on spectral envelope smooth-
ing operations, and therefore they are conceptually relatively
simple. Especially they do not require a manipulation of in-
dividual partial parameters. Despite this simplicity the op-
erators did allow us to achieve perceptually very convincing
results when applied to vibrato manipulation. They have
been evaluated on a task dealing with the removal of vi-
brato from a flute signal. The results demonstrate that for
the flute signal the most complex operator is required to
achieve optimal and natural results because the harmonic
and noise envelope components do not follow the same am-
plitude modulation pattern. The requirement for the addi-
tional complexity that is related to the separate treatment of
noise and sinusoidal modulations depends on the signal -
it can be avoided if the noise component is weak. Further
studies are needed that deal with the connection of the mod-

ified vibrato to the neighboring note transitions. In the near
future we will investigate into generative instrument spe-
cific models that relate vibrato and timbre modulation and
we will investigate into signal transformation operators that
allow manipulating the vibrato rate.
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