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Abstract—Vocal tremor is defined as slow modulation of
fundamental frequency or its amplitude [1], [2]. Even thouch
vocal tremor may be attributed to neurological diseases, ithay
also be a natural stochastic modulation of voice. Many studis try
to measure these modulations assuming that they are statiary.
Hence, their analysis were limited to small intervals loosig
important information about vocal tremor. We propose a nové
method for the estimation of the modulations which is able
to adapt to nonstationary environments. The method is main}
based on a AM-FM decomposition algorithm which is able to
estimate the instantaneous components of speech signaledrlts
confirm that the method successfully extract the modulatios of
large speech segments and robustly estimate the time-vang
modulation frequency and the time-varying modulation levé.

Index Terms—Voice quality, Vocal tremor, AM-FM decompo-
sition

I. INTRODUCTION

harmonic which is related with the fundamental frequency
but not for the higher harmonics. But 1st harmonic may
be modulated by first formant which may lead to biased
results. A more serious limitation of the previous studigs i
that the analyzed sustained vowel has duration that is one to
two seconds. The reason for using short duration is that the
modulation frequencies as well the modulation levels sthoul
be constant in order to apply classical frequency estimatio
analysis. This is a real drawback since the analysis of targe
segments of speech may show interesting properties on vocal
tremor [7], [8].

The objective of this article is to present and validate
a novel method for the estimation of the vocal tremor on
sustained vowels uttered by normophonic subjects. The pro-
posed method assumes speech as a sum of time-varying
sinusoids whose instantaneous amplitude and instantaneou

Typically, tremor in phonation is defined as modulations dfequency are estimated using a recently proposed AM-FM
the fundamental frequency and modulations of the amplitudecomposition algorithm [9], [10]. The prime advantage of
due to the inability of humans to keep constant the tensitiis algorithm is its ability to demodulate multicomponent

of their vocal folds [3]. This phenomenon affects the glottssignals (like speech) very accurately. Interestingly, afhe
cycle in voiced speech making the fundamental frequency aimgtantaneous components can be used for the analysisaif voc
the amplitude to vary stochastically. Vocal tremor is ulgualtremor and not only the 1st harmonic. Then, the second step of
categorized into the physiological tremor which is a slowhe algorithm is to subtract from the analyzed instantaseou
natural modulation of glottal cycle and the pathologicahtor component the very slow modulations: 2Hz) in order to
which is attributed to neurological diseases such as Psokin reveal the higher frequency modulations. This is achieved
or tremor of the limbs [4], [2]. Most importantly, while by filtering the instantaneous component using a Savinzky-
physiological tremor makes speech sound more natural a&dlay smoothing filter [11]. The final step is to estimate the
possibly more individual, pathological tremor may influencmodulation frequency and the modulation level which now are
the quality of patients voice, hence, may influence the tgbilitime-varying attributes because the modulations are piiyna
of patient's communication. nonstationary. The estimation is performed using the same
Moreover, while pathological tremor is characterized bfM-FM decomposition algorithm applied for the extractioin o
stronger periodical patterns —a property that vibrato isipg instantaneous components. Results on sustained voweteditt
style has, too—, physiological tremor is more stochastic [4y normophonic speakers showed that the proposed method
Even though, the analysis of physiological tremor is of greaccurately estimate the instantaneous components of Ispeec
importance since vocal tremor in normophonic speakers maignals and then robustly extract the time-varying modiutat
be an early sign of a neurological disease [5], [6]. Thuss it frequency and modulation level.
useful to develop a toolkit that is able to measure or extrteet  The organization of the paper is as follows. Section ||
vocal tremor even for normal voices. In the literature, aticu presents the tremor analysis method while in Section Il the
analysis of tremor is usually based on the accurate estimatiesults are shown. Finally, Section IV concludes the paper.
of fundamental frequency and then the characterization of
the fundamental frequency’s variations [1], [2]. Modudeti Il. ESTIMATION OF VOCAL TREMOR
frequency and modulation level are prominent attributeg th Speech signals are modeled as a sum of time-varying
are extracted from the instantaneous fundamental frequesinusoidal components
[1], [2].
However, there are some issues not addressed in previous s(t) =
studies. Indeed, many studies are intersted only for the 1st
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where K is the number of components, while,(t) and modulations which are less th&¥ 2. The removal of the

¢ (t) are the instantaneous amplitude and instantaneous phased is necessary in order to reveal the quasi-periodical
of the k** component, respectively. Moreover, instantaneomsodulations attributed to vocal tremor (compare Fig. 2@teef
frequency,fi(t) is defined as the first derivative over time oklimination and Fig. 3a after elimination). However, beftine

the instantaneous phase: removal of the trend, as a preprocessing step, we downsample
1 déw(t) the instantaneous component to have sampling frequendy 100
fe(t) = — (2) Hz. Indeed, since we are interested for modulations whieh ar

2 dt. ] less than20H z, the downsampled instantaneous component
In order to extract the characteristics of vocal tremor, th& not miss any important information.

first crucial step is tlr;e estimation of the ins_tantaneousm:nm The smoothing of the instantaneous component is performed

nents, {ax(t), fx(t)};=, from the speech signal. The secondsing the Savinzky-Golay (S-G) filter [11], [13]. S-G smooth

step is to estimate gnd then remove the very slow mod_ulatl filter essentially performs a local polynomial regressi

from the analyzed instantaneous component. The third aad 5 gistribution of equally spaced points to determine the

final step is the extraction of the modulation frequency andyoothed value for each point. The main advantage of this

modulation level which are the vocal tremor charactelststi%pproach is that it tends to preserve features of the ditiib

we are interested. such as relative maxima, minima and width, which are usually
“flattened” by other adjacent averaging techniques like impv

A. Sep 1: Estimation of Instantaneous Components averages. The order of the local polynomial used in thisystud

The estimation of the instantaneous components is achieVéf 4 While the frame size was st (1000 samples). Fig. 2a
by an AM-FM decomposition algorithm recently proposed b§hov_vs the mstantgneous comp.onent.as _weII its smogthed
Pantazis et al. [9], [10]. The AM-FM decomposition algoith Version for a sustained vowel. Fig. 2b implies that S-G filter
(AQHM in abbreviation) is an adaptive algorithm which isc(_’:\ptures the frequencies that are Ies_s thdn. Note that using
based on a time-varying sinusoidal model. The sinusoiddfférent parameters for the S-G filter the smoothed fignal
model is called quasi-harmonic model (QHM) and its pa/ynl capture more or less of the S|gnal‘s_ frequencies. Then,
rameters are estimated frame-by-frame through linear tLeH2€ Smoothed instantaneous component is subtracted frem th
Square method. The prominent property of QHM is its abilit nsmoothed in order to reveal the remaining modulations of
to capture and then correct frequency estimation errous, thine€ component.
even if the analysis is performed in wrong frequencies, QHM
is able to estimate the frequency mismatches and iterptivél. Step 3. Extracting Vocal Tremor Characteristics

eliminate them. The final step is the modeling and estimation of the re-
The initialization of AQHM algorithm necessitates a rouglnaining modulations. As already stated, these modulations
estimate of the analysis frequencies for the first frameir{g.lr are nonstationary, hence, FFT-based approaches are not ap-
this study, the initial frequencies were assigned as imteggopriate for this task. We suggest modelling the remaining
multiples of an estimated fundamental frequency computg@nstationary modulations as an amplitude modulated and

USing the autocorrelation function of the first frame [12]f.requency modulated SignaL Ma‘[hema’[ica”y, itis given by
Moreover, time resolution of AQHM is determined by the hop-

size of the algorithm while frequency resolution is detereai z(t) = m(t)cos(¢(t)) (3)

by the window type and window length. We choose hoRgherey(t) are the remaining modulations of the instantaneous
size of 5ms and Hamming window as window function. Thecomponentsyn(t) is the instantaneous amplitude which with
window’s duration is adaptive and it was chosen to be thrgge appropriate scaling corresponds to the modulationl leve
times the period of the smaller frequency. ~ ~  andy(t) corresponds to the instantaneous phase. Once again,
The main advantage of AQHM algorithm is its ability tonstantaneous frequency is given kiyt) = 1 ) and
adapt to the signals characteristics. Indeed, after thepi#ss corresponds to the modulation frequency. o di
of the signal with QHM, an estimate for the ipstantaneousAQHM algorithm is again applied for the estimation of
frequencies and instantaneous amplitudés.(t), /x(t)}k_1. the instantaneous components,(t) and ¢(¢). The initial
have been obtained. Then, in the following passes, AQHNbquency of the first frame was computed by the largest
algorithm adapts the QHM basis functions using the eSt'matSeak of the FFT of the first frame while hop-size was set to

instantaneous frequencies. Thus, the bias due to the RON$3 Hamming window and its duration was determined using
tionarity of the AM-FM signal is reduced and more accurage same rule as in Step 1. Fig. 3a shows the reconstructed
estimates for the instantaneous components are obtaimed.sﬁnm obtained from AQHM algorithm while Fig. 4 shows

an example, Fig. 1 shows the five first estimated instant@eqye estimated modulation frequency and estimated modulati
frequencies of a sustained vowel uttered by a male speakgf|.

using the AQHM algorithm.

IIl. RESULTS

B. Sep 2: Removal of Very Sow Modulations In this section, the output of the proposed method for vocal
After choosing which instantaneous component will bemor analysis is presented for normophonic speakers. The
analyzed, the second step of the analysis is to eliminatethod is validated on a database of normal voices developed



in our recording lab. 11 male and 5 female healthy subject
whose age varies between 23 and 45 were participated. St
tained vowels/a/, /¢/, /i/, /o/ and /u/ have been recorded
at 48k H z and then downsampled &6k H z. The duration of
sustained vowels varies fros to 8s depending primarily on
the speaker.

Frequency (Hz)

lllustratively, Fig. 1 shows the first five harmonics exteztt 0 05 i is e 2 25 : 35
from sustained voweJa/ using AQHM algorithm (Step 1). @
The signal which is reconstructed from the instantaneou  °* ‘ ‘ ‘ ‘ ‘
components has signal-to-reconstruction error of al3adiB o4r

which proves that the analysis is very accurate. For th
total database, the average signal-to-reconstructiar eras
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more than30dB. Fig. 1 shows also that the modulations of o 0
. . . . . TR
higher harmonics are more evident which explains the use ¢ ol ‘ e N N
. . . . 1
modulation level which is relative to the mean value of the Frequency (Hz)

. (b)
Instantaneous component.

Fig. 2. (@) First harmonic of Fig. 1 without its mean valuen(@auous line)

and its smoothed version (dashed line) are shown. (b) Fotrdasform of
600 ; ; ; ; ; ; signals in (a). S-G smoothing filter captures the frequendiat are below
2Hz.
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Fig. 1. First five instantaneous frequencies of a normoghorile speaker
uttered the sustained vowel /a/.

Frequency (Hz)

Fig. 2 shows the instantaneous frequency of the 1st ha ®
monic after removing its mean value and its filtered version

; _ ; : ; g. 3. (a) Instantaneous component after subtractingniisothed version
using the S-G smoothmg filter (Step 2)' The smoothed inst continuous line) and the reconstruction of the AM-FM deposition algo-

taneous component contains information about the frede®nGithm (dashed line). (b) Fourier transforms of the compesén (a).
which are less than 2Hz. This component is then removed in
order to reveal the modulations that are attributed to vocal
tremor. Thus, the remaining component is analyzed using
AQHM algorithm (Step 3). Fig. 3 indicates that the decom-
position algorithm adapts to the nonstationary modulation A novel method for the acoustical analysis of vocal tremor
of the signal. Extended tests on the database confirmed s presented. It is based on a AM-FM demodulation algo-
ability of AQHM to adapt to the signal. The extracted timerithm which is used for the extraction of both instantaneous
varying modulation frequency as well the extracted timeamplitudes and instantaneous frequencies from the speech
varying modulation level are shown in Fig. 4. Modulatiosignal (Step 1) and the extraction of modulation frequemzy a
frequency takes values in this example betwédihz and modulation level from the analyzed instantaneous compionen
13Hz. (Step 3). Results indicate that the proposed method is tabab
An important feature of the proposed method is that amf handling large segments of sustained vowels where the
of the instantaneous components can be analyzed. Figagsumption of modulations’ stationarity is invalid andpde
and Fig. 6 shows the estimated modulation frequency armbust time-varying estimates for the modulation freqyenc
modulation level for the instantaneous amplitude of the 4#nd the modulation level.
harmonic of the same sustained vowel. Interestingly, bothFinally, while the proposed method was validated only on
modulation frequency and modulation level differs fromrthe normophonic subjects it is of great importance to apply and
of Fig. 4. test it in pathological subjects. Future work will be devbte

IV. CONCLUSION & FUTURE WORK
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(a) Modulation frequency of the signal in Fig. 3. (bpddlation level
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have constant values during the phonation.
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(b)

5. Similar to Fig. 3 but for the instantaneous amplituafethe 4th

harmonic. Note that the proposed vocal tremor extractigordhm can be

appli

ed to any of the instantaneous component.

Fig.
Sim
and

(7]
(8]

El

[10]

[11]

[12]

(23]

on analyzing pathological vocal tremor and possibly on othe
applications such as the analysis of vibrato singing stylene
the objective is to achieve a particular amount of modutatio
frequency and/or modulation level.
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