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Résumé

Le conduit vocal en tant que résonateur acoustique est responsable d'une grande partie de la variété des sons à la base du langage. Il joue ainsi un rôle essentiel dans la communication orale humaine et son utilisation performative est une des clés de la technique vocale pour le chant. Cette thèse porte sur la caractérisation in vivo des résonances du conduit vocal en développant une instrumentation spécifique à destination de la recherche en parole, voix, acoustique musicale, voire médicale. Dans la continuité de travaux basés sur l'émission et réception acoustiques aux lèvres, cette thèse se donne pour objectif d'améliorer le dispositif non-invasif existant et de le rendre robuste à la présence d'autres signaux -en premier lieu la voix elle-même afin de caractériser le conduit vocal en cours de phonation.

Le modèle de mesure associé à la réponse en fréquence du conduit vocal à une excitation acoustique aux lèvres est justifié en étudiant le couplage des rayonnements de la source d'excitation et du conduit vocal. Le positionnement optimal de la source et du microphone est discuté en montrant qu'une prise de pression à quelques centimètres des lèvres est plus robuste qu'aux lèvres. L'utilisation d'un signal d'excitation de type chirp permet une mesure à fort niveau en séparant les non-linéarités de la chaîne d'excitation. La méthodologie de mesure et l'analyse modale associée, estimant fréquence et facteur de qualité des résonances, sont validées par comparaison entre des modèles numériques et différentes mesures d'impédances, tout d'abord sur un simple tube métallique puis sur des maquettes simplifiées de voyelles pour montrer les limites de la méthode sur certaines configurations vocaliques.

Dans le contexte de mesures sur l'humain, nous abordons dans un deuxième temps la séparation entre le signal de caractérisation (chirp) et le signal de voix mesurés par le microphone. Grâce à la connaissance a priori de la trajectoire du chirp dans le plan temps-fréquence et des hypothèses sur le signal voisé, le calcul de la transformée dite en chirplets, généralisation de la transformée de Fourier à court-terme intégrant la variation de fréquence instantanée, permet une séparation relative. Nous montrons que l'utilisation d'une famille de chirplets, basé sur les polynômes d'Hermite pour assurer la stabilité numérique, rend la séparation plus efficace et la reconstruction du chirp plus fidèle sur des signaux de synthèse.

Enfin, la méthodologie complète avec séparation est appliquée pour constituer et analyser une base de données de mesures sur des chanteurs de musique actuelle. Nous montrons qu'une condition de glotte fermée (apnée) induit des changements résonantiels significatifs par rapport au geste phonatoire. Les différences d'ajustements résonantiels sont étudiées en fonction des émissions des chanteurs. Cette méthode de caractérisation non-invasive permet d'estimer fréquence et largeur de bande des résonances du conduit vocal pendant le geste phonatoire sans contrainte articulatoire.

Mots clés: acoustique vocale, résonances du conduit vocal, voix chantée, analyse modale expérimentale, séparation de sources, transformée en chirplet ix

Abstract

The vocal tract as an acoustic resonator is responsible for much of the sound variety in language. It thus has an essential role in human oral communication and its performative use is one of the keys to vocal technique for singing. This thesis focuses on the in vivo characterization of vocal tract resonances by developing specific instrumentation for research in speech, voice, music acoustics, and even medicine. In the framework of acoustic emission and reception at the lips, this thesis aims to improve the existing non-invasive device and to make it robust to the presence of other signalsfirst of all the voice itself -in order to characterize the vocal tract during phonation.

The measurement model associated with vocal tract frequency response to an acoustic excitation at the lips is justified by studying the radiation coupling between the excitation source and the vocal tract. Optimal positioning of the source and microphone is discussed by showing that a pressure record a few centimeters away from the lips is more robust than at the lips. The use of a chirp excitation signal allows for high-level measurement by separating out non-linear effects coming from the excitation chain. The measurement methodology and associated modal analysis, estimating frequency and quality factor of resonances, are validated by comparison between numerical models and different impedance measurements, first on a simple metal tube and then on simplified vowel replicas to show limits to the method for some vowel configurations.

In the context of human measurements, we then discuss the separation between the characterization signal (chirp) and the voice signal recorded by the microphone. Thanks to a priori knowledge of chirp's trajectory in the time-frequency plane and to hypotheses about the voiced signal, the so-called chirplet transform, a generalization of the short-term Fourier transform integrating the instantaneous frequency variation, allows a relative separation. We show that the use of a chirplet family, based on Hermite's polynomials to ensure numerical stability, makes the separation more efficient and the reconstruction of the chirp more faithful on synthetic signals.

Finally, a complete methodology with signal separation is applied to build and analyze a database of measurements on a style of modern singing. We show that a closed glottis condition (apnea) induces significant resonance changes with respect to the phonation gesture. Differences in resonance adjustments are studied relative to singers' emissions. This non-invasive characterization method allows one to estimate the frequency and bandwidth of vocal tract resonances during singing without any articulation constraint. and with (with sep) separation method applied on s 1 +s 3 , and with number of higher-order CTs computed to account for amplitude modulation N = 0 and N = 5, zoom in t = 0.3 -0.7 s. . . . . . . . . . . . . . . . . 106 IV.17 Convergence analysis : (a) optimum path as best SNR out for a given amplitude modulated signal s 1 separated from s 3 ; (b) zoom from 0,3 s to 0,7 s of the relative error of cases N = 1, N = 3 and N = 5 for List of Tables I 

Introduction

How fascinating the human voice is.

It seems so simple to speak every day to communicate with each other, and yet several organs are involved simultaneously to finally emit sound waves carrying information to our ears. The variety of sounds that can be produced highlights the complexity of the system from low to high-level. We usually experiment with the proprioception of voice organs when having trouble with it, learning a new language, with a focus on the articulation level, or beginning to practice singing, as we push forward the limits of our voice for artistic performance purposes.

First explorations in singing voice generally focus on the notes that we can produce, towards low or, riskier, high pitches. As notes get higher, many changes can be perceived at the laryngeal level, going from a rich, powerful, bright, and full sound (chest-like register) to a flute-like, lighter sound (head-like register). In any case, it is very likely that the mouth opens instinctively as the notes rise. Acoustically, it is known to correspond to an adjustment (called resonance tuning) of the resonance frequencies with the voice harmonics, which helps to produce some notes and boosts the sound. There is one situation in which everyone has probably experienced this effect. When one wants to interact with someone who is relatively far away, one might call 'Hey' by reflex. In this case, the frequency of the second resonance of the vocal tract most likely matches the one of the second voice harmonic, increasing the sound level emitted and enabling to be heard at some distance effortlessly. Another possibility at higher pitches is tuning the first resonance of the vocal tract with the first voice harmonic, saying 'Wouhou'. Those strategies are referred to as Yell and Whoop coupling by Bozeman, who points out their universal use:

These two resonance strategies are inherently strong acoustically and therefore occur universally among humans. For example, when desiring to make a lot of sound at sporting events or enthusiastic celebrations, humans either yell or whoop. 1 The choice of a vowel, and thus of a specific arrangement of the vocal tract resonances, is closely related to voice production in one situation, and we have the instinct to know when acoustics help the phonation gesture or not: no one would have the idea of calling someone on an [i]. The importance of acoustics becomes even more apparent when singing: a slight vowel modification can change the overall balance of the gesture. The acoustic effect of the vocal tract leading to some harmonics amplification of the laryngeal source has been described well before the source-filter theory formalized by Fant, in the lessons by Dr. Garnault in 1896: [. . .] un seul et même son laryngien peut donner naissance aux diverses voyelles, seules varient les dispositions des cavités de résonance convenant au renforcement des diverses harmoniques, qui correspondent elles-mêmes à telle ou telle voyelle. 2 When pronouncing a sentence or singing lyrics, the articulators move quickly to reach the vocal tract configuration corresponding to the production of each vowel and consonant. Acoustically speaking, the vocal tract resonances may change rapidly in time to amplify the voice frequencies associated with the perception of the phoneme that we want to produce. The vocal tract is thus said to be a dynamical resonator.

From a scientific point of view, it is fundamental to be able to characterize the acoustics of the vocal tract in order to understand how it is used in voice production, in particular in singing. Exploring voice acoustics is not new, as described by Dr. Garnault in 1896: D'autre part, si on fait vibrer devant la bouche entr'ouverte et disposée comme pour l'émission de la voyelle ou, le diapason qui correspond à la note fa 2 , on entend le son fortement renforcé dans la cavité buccale, et il produit sur l'oreille la sensation d'un ou bien prononcé. Vous pourriez semblablement produire o avec un diapason donnant si Z 3 et a avec un diapason donnant si Z 4 . Vous pourriez déterminer la production de é, indif- féremment avec deux diapasons, l'un fa 3 , l'autre si Z 5 ; et de même i, avec deux diapasons, dont l'un donne le fa 2 et l'autre ré 6 . 3 Such an experiment could be considered the first way to measure the frequency of the resonances of a static vocal tract with an excitation source at the lips. The tuning fork being almost a pure tone excitation signal, the resonance frequency is indicated by the sound amplification of this tone. A century later, a device using broadband excitation at the lips has been developed to measure vocal tract resonances in real time [START_REF] Epps | A Novel Instrument to Measure Acoustic Resonances of the Vocal Tract during Phonation[END_REF]. Since then, it has been largely used to study resonance tuning in singing, comparing the resonance frequencies thus measured with those of the voice harmonics.

Several improvements, and derived devices, have been made but one issue is related to the measurement point itself, i.e., at the lips. The measurement method is based on the acoustic coupling between the excitation and the vocal tract, but it is not very effective at low frequencies, causing measurement difficulties. Moreover, there are some misunderstandings about the parameters of the resonances that could be extracted from the measurement. Attempts to extract the amplitude or bandwidth of these resonances have been unsuccessful because the measured frequency response at the lips has anti-resonances that closely follow the resonances. In any case, measuring 2. Garnault (1896), p. 229. Suggested translation: "[. . .] one and the same laryngeal sound can give rise to different vowels, what varies are only the dispositions of the resonance cavities that are conducive to the reinforcement of the different harmonics, which themselves correspond to this or that vowel."

3. Garnault (1896), p. 113. Suggested translation, vowels are written phonetically and notes are transcribed according to the English convention: "On the other hand, if one vibrates a tuning fork corresponding to the note F Z 3 in front of the half-open mouth arranged as for the production of the vowel /u/, one hears the sound strongly reinforced in the oral cavity, and it produces in the ear the sensation of a well pronounced /u/. One could probably produce /o/ with a tuning fork giving B Z 4 and /a/ with a tuning fork giving B Z 5. We can determine the production of /e/, indifferently with two tuning forks, one giving F 4, the other B Z 6; and similarly /i/, with two tuning forks, one giving F 3 and the other D7." resonances during speech or singing results in the contamination of the vocal tract response by the voice. To take the fork experiment again, it would be difficult to tell whether pure sound is indeed amplified by the vocal tract, by detecting a resonance, if the voice is also heard. It is therefore necessary to separate the voice from the acoustic response of the vocal tract to external acoustic excitation in order to make an accurate measurement of resonances.

This Ph.D. thesis aims at providing a measurement method to characterize the vocal tract resonances while singing. In line with previous devices using an acoustic excitation at the lips, we propose several improvements in the implementation of the method and the signal processing to overcome the constraints imposed by measurements in singing, such as high sound pressure level at the lips and the short characteristic time of the vowel articulation dynamics. The separation of the voice and the vocal tract response is addressed with time-frequency analysis, allowing to estimate the resonances during a phonation gesture. Numerical and experimental, both in-vitro and in-vivo, studies are performed throughout this thesis to validate the measurement model, to test the proposed improvements, and to quantify the accuracy and robustness of the methods developed.

This dissertation is organized as follows. Chapter I lays out the basics of voice production and voice acoustics, with an emphasis on some singing characteristics. The various experimental methods for the study of vocal tract acoustics are reviewed. The device and the measurement method with excitation at the lips developed in this work are described in Chapter II. The measurement model is formalized and experimentally validated on simple replicas of a vocal tract, and the measured resonances are characterized by means of modal analysis. In Chapter III, a benchmark of the method is performed. The locations of both the microphone and the excitation of the device are reconsidered to optimize the measurement robustness and accuracy. The method is performed on replicas of vowel geometries and measured modal parameters are compared to those obtained with input impedance measurements. The measurement while singing is tackled in Chapter IV with the development of a separation method based on chirplet transform analysis. The complete measurement method with separation is applied to the study of some modern singing emissions in Chapter V. Resonance frequencies and bandwidths measured in the closed glottis condition and in the phonation condition are compared. Finally, the relationships between the resonance characteristics and vocal emissions (voice quality, notes) are explored.

Chapter I

Vocal tract acoustics: basics and exploration methods

The voice can be seen as an instrument that can produce a huge if not infinite variety of sounds. The study of musical instruments implies first of all to describe them. The vocal instrument is specific in that it is part of the human body. The organs involved in the vocal gesture are not independent of the musician, which makes the vocal gesture difficult to characterize and understand as a whole. In this chapter, key elements of the anatomy and the physiology of the vocal apparatus are detailed. The vocal gesture and vocal tract acoustics are described in the framework of the source-filter theory first. Then we present the source-filter interactions and their effects. The experimental tools used in the literature to characterize vocal tract acoustics are non-exhaustively reviewed. Finally, in light of this review, the scope of this thesis is clarified. 

Contents

I.1 Description of the vocal system

The purpose of this section is to present the elements of voice physiology needed to understand the work presented in this manuscript. It does not aim to be an exhaustive review. Overviews of voice production can be found in the literature, see for example the must-have from [START_REF] Titze | Principles of Voice Production[END_REF], a review of singing voice research a decade later [START_REF] Kob | Analysing and Understanding the Singing Voice: Recent Progress and Open Questions[END_REF], and a more recent resume of the characteristics of singing voice production from [START_REF] Wolfe | The Routledge Companion to Interdisciplinary Studies in Singing, frank a[END_REF]. Breathing The respiratory level comprises the diaphragm, the lungs, and the trachea.

The contraction of the diaphragm, as the main process of inhalation, expands the lungs and creates a vacuum so that air is inhaled. During exhalation, the relaxation of the diaphragm along with thoracic elastic forces compresses the air in the lungs, thereby generating an airflow up the trachea. The contraction of the abdominal and intercostal thoracic muscles increases lung pressure and supports phonation.

Larynx and phonation

At the top of the trachea, the larynx is made up of ligaments and muscles that hold and control cartilage, especially the thyroid cartilage shaping the laryngeal prominence. Extrinsic muscles move the larynx vertically in the neck and contribute to its tilting. Within the larynx, the vocal folds are multilayered structures: the thyroarytenoid muscles (or vocalis) are covered by the lamina propria and the epithelium. Stretching, tensioning, adducting, and abducting are controlled by intrinsic muscles. The space between the vocal folds is called the glottis. It opens during breathing and closes when the breath is held. The ventricular or vestibular folds (commonly called false vocal folds) located above the vocal folds are usually spread during breathing and phonating but may participate in specific sound production [START_REF] Bailly | Ventricular-Fold Dynamics in Human Phonation[END_REF].

The phonation, i.e. the vibration of the vocal folds, is explained by the myoelasticaerodynamic theory [START_REF] Van Den Berg | Myoelastic-Aerodynamic Theory of Voice Production[END_REF][START_REF] Švec | Integrative Insights into the Myoelastic-Aerodynamic Theory and Acoustics of Phonation. Scientific Tribute to Donald G. Miller[END_REF]) and fluid-structureacoustics interactions. Vocal folds in contact resist the airflow coming from the lungs, increasing subglottal pressure until it forces them to move aside. Subglottal pressure decreases as airflow passes through the glottis (space between the vocal folds). Vocal folds get closer, and the glottis closes, under the effect of their elasticity and the Bernoulli effect, and the cycle starts again, creating airflow pulses acting as the source of sound waves. These propagate into the (supraglottal) vocal tract. The first voice harmonic frequency (fundamental) f o1 is thus defined by the number of vocal folds oscillations per second. In speaking conditions, the fundamental frequency varies typically between 100 Hz and300 Hz.

Resonating and articulating

Overall, the vocal tract expands from the glottis to the lips, through the pharynx and the oral cavity. It is coupled with the nasal cavity in case of a velopharyngeal opening (i.e. when the velum is lowered), allowing nasal sound emission. From an acoustic point of view, the vocal tract acts as a waveguide for the sound source produced by the oscillation of the vocal folds. The position of the articulators (velum, tongue, lips, jaw) determines the shape of the vocal tract. Consonants are produced by the interaction between air cavities and articulators which narrow or completely close a part of the vocal tract. Consonants are said to be voiced when the vocal folds vibrate, unvoiced otherwise. The work presented in this manuscript focuses on the production of vowels. Further description of voice acoustics is developed in Sec. I.1.2.

I.1.1.2 Dynamic of phonation gesture and registers

At the phonation level, vocal folds have several dynamics to produce all frequencies of a tessitura (on average 3 octaves for trained singers). A specific configuration of vocal folds during phonation defines a laryngeal mechanism. Four laryngeal vibratory mechanisms have been identified [START_REF] Roubeau | Laryngeal Vibratory Mechanisms: The Notion of Vocal Register Revisited[END_REF]) in males and females of all ages:

-M0: the vocal folds are short, very thick, and unstressed. Their vibration with a long closed phase and a very short open phase induces very low pitch production.

It is often referred to as vocal fry.

-M1: the vocal folds are thick and vibrate with large amplitude and mass. It is the main mechanism for speech. Within the microstructure of the folds, all layers are coupled.

-M2: the vocal folds are stretched and thin because of decoupling between collagen and muscular fibers within their structure. They vibrate only on two thirds of their length with a small amplitude. It is the main mechanism for high-frequency production.

-M3: the vocal folds are very stressed and thin in order to produce very high frequencies.

Transitions between mechanisms are usually abrupt for untrained singers and are easily heard as voice breaks. Several hypotheses have been proposed to explain those bifurcations, such as a brutal change in tension of laryngeal muscles or subglottal resonances interaction with vocal folds [START_REF] Titze | Principles of Voice Production[END_REF]. However, some singing styles require singers to have a homogeneous timbre through the primo passagio between M1 and M2 -usually around notes from E4 to G4, corresponding to fundamental frequencies ranging from 330 Hz and 392 Hz. Well-trained singers can succeed in masking laryngeal mechanisms transition in their voice using a so-called mix voice ("voix mixte" in French). It can be either produced in M1 or M2 [START_REF] Lamesch | Mécanismes Laryngés et Voyelles En Voix Chantée : Dynamique Vocale, Phonétogrammes de Paramètres Glottiques et Spectraux, Transitions de Mécanismes[END_REF]) and relies on acoustical strategies and differences in production characteristics [START_REF] Lee | Differences Among Mixed, Chest, and Falsetto Registers: A Multiparametric Study[END_REF] for the voice timbre to be homogeneous.

Singers speak more often in terms of registers, which reflect sound timbre, proprioceptive sensations, and laryngeal mechanisms [START_REF] Henrich | Mirroring the Voice from Garcia to the Present Day: Some Insights into Singing Voice Registers[END_REF]. For example, chest voice is usually associated with low and medium frequency productions because of a vibratory sensation in the chest while head voice is associated with higher frequency productions with a vibration feeling in some parts of the head. As a consequence, the terminology of registers varies from one individual to another with respect to their proprioception of the singing gesture. On the contrary, laryngeal mechanisms are a description of phonation gesture at the level of the vocal folds only, defined qualitatively by cinematographic examination of vocal folds oscillations and quantitatively by analyzing electroglottography data [START_REF] Henrich | On the Use of the Derivative of Electroglottographic Signals for Characterization of Nonpathological Phonation[END_REF][START_REF] Henrich | Glottal Open Quotient in Singing: Measurements and Correlation with Laryngeal Mechanisms, Vocal Intensity, and Fundamental Frequency[END_REF].

I.1.2 Vocal tract acoustics

I.1.2.1 The source-filter model

The source-filter theory [START_REF] Fant | Acoustic Theory Of Speech Production, Acoustic Theory Of Speech Production[END_REF]) is a linear model of the acoustics of voice production (see Fig. I.2). It is based on the independence of the mechanisms that initiate the vibration of the vocal folds and the acoustical waves that are propagating in the vocal tract. Introducing some notation, the source-filter theory assumes linear independence between the voice source as the flow at the glottis u g (t) (denoted U g (ω) in the Fourier domain) during vocal folds oscillation, and the voice transfer function H V T (ω) which filters the voice source (or phonation signal). It is defined as the pressure at the lips p l (t) (or P l (ω)) for a given flow at the glottis such that

P l (ω) = H V T (ω).U g (ω) (I.1)
The radiation at the lips L(ω) is taken into account in the voice transfer function here. Some definitions find it convenient to separate both contributions:

H V T (ω) = H V T -l (ω).L(ω)
. Indeed, the radiation at the lips can be modeled as a derivative in order to write P l (ω) = jωU g (ω).H V T -l (ω), with jωU g the Fourier transform of the time derivative of u g (t), assuming monopolar radiation. The pressure at the lips p l (t) is called the voice signal, which can be easily recorded with a microphone positioned in front of the mouth, P l (ω) being the voice spectrum.

I.1.2.2 Resonances and formants

The air column with the vocal tract is an acoustic resonator. The simplest modeling relies on a cylinder closed at the glottis and open at the lips, with a 17 cm typical length for males. Standing waves, approximately plane, occur due to interference between acoustic waves propagating back and forth from the lips to the glottis. Boundary conditions, a pressure maximum (with a zero flow) at the closed glottis and a pressure node near the lips (with a maximum flow), impose such a vocal tract, including its end effect, to approximate a quarter-wave tube: wavelength of the standing waves is, very roughly, an odd-multiple of a quarter of the tube length (see Fig. I.3). Resonance frequencies (f Rn ), related to wavelength λ = c/f , are given by:

f Rn ≃ (2n -1)c 4L ≃ 500, 1500, 2500,... Hz (I.2)
with the tube length L (= 17 cm) and the sound speed c ≃ 340 m s -1 , for lossless walls and no radiation correction. With a maximum diameter of 5 cm of mouth opening [START_REF] Placko | L'ouverture buccale normale dans la population française adulte[END_REF]), the plane wave approximation is valid throughout the vocal tract for frequencies f << c/d ≃ 7 kHz. Higher order propagation modes have a slight impact on resonance frequencies and bandwidths for low and medium frequencies (under 5 kHz) (Blandin [START_REF] Peterson | Control Methods Used in a Study of the Vowels[END_REF]. In red, vowel space plot from MRI data, adapted from [START_REF] Story | Vowel Acoustics for Speaking and Singing[END_REF]).

The vocal tract resonance frequencies associated with vowels are specific to each individual and voice context, as they derive from the vocal tract geometry. The space of each vowel in the vocalic triangle can be rather large, changing from one individual to another, one phonetic text and another, and changing with the language considered. Females and children, having a shorter vocal tract than males, see their formant shifted to higher frequencies by 15 % and 35 %, respectively, compared to those of adult males [START_REF] Peterson | Control Methods Used in a Study of the Vowels[END_REF]. The context of a discussion can therefore be decisive for mutual understanding when the acoustic signature of a phoneme is blurred.

I.1.2.3 Vocal tract geometry and articulation

Changing the position of the articulators modifies the geometry of the vocal tract, the resonance frequencies, and the formants, thus enabling different vowels to be perceived by an auditor. The first formant is essentially associated with jaw opening (wider opening gives higher first resonance frequency), the second one to the tongue position (forward gives higher second resonance frequency), and the third one to the lips protrusion [START_REF] Stevens | Development of a Quantitative Description of Vowel Articulation[END_REF]. The vocalic space can thus be represented with the position of the main articulators (tongue and jaw) as a phonetic view, complementary to the acoustic one, as illustrated in Communication is based on phrases constructed with sequences of phonemes forming words. The articulators move quickly to enable the pronunciation of vowels and consonants. Since the geometry of the vocal tract changes during a sentence, the resonances of the vocal tract are also modified over time. The vocal tract can then be considered a dynamical resonator in speaking and singing conditions. In English-speech, vowel mean duration is around 200 ms [START_REF] House | On Vowel Duration in English[END_REF]. It varies according to the context and the position of the vowel in the word and sentence [START_REF] Umeda | Vowel Duration in American English[END_REF]. In singing, the vowel duration, even if conditioned by note value with a part, tends to be longer and reaches 600 ms on average for classical singing [START_REF] Di | Diction et Musicalité[END_REF]. These vowel time lengths are an estimate of the characteristic time of the dynamics of the vocal tract resonances, and a fairly valid stationary hypothesis.

I.1.2.4 Nasal tract

The nasal cavities are connected to the vocal tract when the velum is lowered. It enables the production of nasal vowels and consonants. Unlike that of the vocal tract, its shape can not be changed, so its effect in the voice spectrum is larger or smaller according to the size of the velopharyngeal opening. As parallel resonators, the nasal cavities introduce anti-resonances in the voice transfer function, and thus in the voice spectrum, reducing the amplification of voice harmonics [START_REF] Chen | Acoustic Correlates of English and French Nasalized Vowels[END_REF]. While a lowered velum is usually said to be avoided by classical singing teachers, velopharyngeal openings have been detected in the gesture of several professional classically trained singers [START_REF] Austin | Movement of the Velum during Speech and Singing in Classically Trained Singers[END_REF]. The main effects of a velopharyngeal opening on the voice transfer function are a lowered amplitude of the first resonance (with increased bandwidth) [START_REF] Sundberg | Experimental Findings on the Nasal Tract Resonator in Singing[END_REF], an increase in the first resonance frequency [START_REF] Havel | Effects of Nasalization on Vocal Tract Response Curve[END_REF] and emphasizing in the frequency region between the third and the fifth resonances [START_REF] Vampola | Influence of Nasal Cavities on Voice Quality: Computer Simulations and Experiments[END_REF].

I.1.2.5 Vocal tract adjustments and resonance tuning

The harmonics of the glottal source are amplified by the vocal tract resonances when they lie within their bandwidth. For speech fundamental frequencies (under 250 Hz, Fig. I.6 left), harmonics being not very widely separated in frequency, each resonance amplifies one or a few harmonics. For higher pitches, we can imagine two extreme cases. A resonance may fall between two successive harmonics that are far away from each other and thus amplifies none of them (Fig. I.6 center). The frequency of the resonance could also be sufficiently close to one voice harmonics and greatly increase its amplitude, thus producing a louder sound, without further physical effort. The latter case is called resonance tuning. This is illustrated in Fig. I.6 (right). The tuning of the resonance i with the

n th harmonic (n × f o ) is often denoted as R i : nf o .
Regarding singing, the pitch varies more than in speech and reaches higher frequencies. Focusing on the two first resonances, possible resonance tuning can be predicted with respect to the pitch, as illustrated in Fig. I.7.

Vocal tract adjustments have been intensively reported in the literature in the last two decades, thanks to the acoustical measurement improvements (see Sec. I.2). Non-exhaustively, sopranos use a R 1 : f o tuning in their high range [START_REF] Joliveau | Vocal Tract Resonances in Singing: The Soprano Voice[END_REF], that corresponds to a more and more open vowel and a higher larynx as the frequency ascends [START_REF] Sundberg | The Acoustics of the Singing Voice[END_REF], and sometimes a R 2 : 2f o tuning for the highest notes [START_REF] Garnier | Vocal Tract Adjustments in the High Soprano Range[END_REF]. R 1 : 2f o tuning is adopted by some altos, tenors, and barytons [START_REF] Henrich | Vocal Tract Resonances in Singing: Strategies Used by Sopranos, Altos, Tenors, and Baritones[END_REF]. It is also one of the components of the belting quality in music theatre [START_REF] Bourne | Physiological and Acoustic Characteristics of the Female Music Theater Voice[END_REF], and it is found in Bulgarian folk singing [START_REF] Henrich | Resonance Strategies Used in Bulgarian Women's Singing Style: A Pilot Study[END_REF]. From a pedagogy point of view, the two main resonance tuning are referred to as 'yell' (R 1 : 2f o ) and 'whoop' (R 1 : f o ) [START_REF] Bozeman | The Role of the First Formant in Training the Male Singing Voice[END_REF]. 

I.1.3 Source-filter interactions

The source-filter theory presented in Sec. I.1.2 is a simplified model of voice production for voice analysis and synthesis [START_REF] Fant | Acoustic Theory Of Speech Production, Acoustic Theory Of Speech Production[END_REF]. It assumes that the glottal airflow and the filtering applied by the vocal tract are independent of each other. As a consequence, the frequency and bandwidth of the vocal tract resonances are assumed to be determined only by the vocal tract geometry. Thus, the voice transfer function would be the same whatever the glottal flow source for fixed articulators. However, the resonances of the vocal tract are based on standing waves, which are dependent on the boundary conditions at the lips and at the glottis. It follows that voice acoustics has a relationship with the glottal condition. Conversely, the glottal flow is also bound to the acoustic load. The flow source is loaded by the impedance of both the supraglottal and subglottal tracts. The impedance describes the pressure produced by a volume flow rate in a system, and affects sound wave propagation. The components of the impedance and their interpretation are illustrated in last 20 years, even if the first insights date back almost a century [START_REF] Herbst | Dynamic System Coupling in Voice Production[END_REF]. Two levels of interaction between the vocal tract (both subglottal and supraglottal) and the vocal folds are considered in the literature [START_REF] Titze | Nonlinear Source-Filter Coupling in Phonation: Theory[END_REF].

I.1.3.1 Level 1 interaction

Level 1 interaction only changes the glottal airflow, and thus the emitted sound, but not the vibration of the vocal folds. Supraglottal inertive reactance (positive imaginary part of the impedance represents the pressure component whose phase leads that of the flow and can be interpreted as stored energy, see Fig. I.8) influences the trans-glottal pressure that can induce a skew of the pulse flow and some ripples [START_REF] Rothenberg | Acoustic Interaction between the Glottal Source and the Vocal Tract[END_REF]. Thus this effect modifies the waveform of the sound source and provides a new balance in harmonic frequencies. In other words, it changes the emitted sound of the source flow at the glottis. This effect is particularly important when the first resonance of the vocal tract lies near the fundamental frequency of the oscillations of the vocal folds [START_REF] Fant | Glottal Flow: Models and Interaction[END_REF], in some cases helping the self-sustained oscillations and consuming less air. The subglottal tract has also been reported to modify the sound pressure radiated at the glottis [START_REF] Lehoux | Subglottal Pressure Oscillations in Anechoic and Resonant Conditions and Their Influence on Excised Larynx Phonations[END_REF].

I.1.3.2 Level 2 interaction

Level 2 interactions, occurring between the vocal tract and the vocal fold oscillations, alter directly the vibratory pattern of the folds. A constriction of the vestibular folds induces a trans-glottal pressure drop, facilitating or inhibiting the glottal vibrations with respect to the laryngeal geometry [START_REF] Bailly | Influence of a Constriction in the near Field of the Vocal Folds: Physical Modeling and References Experimental Validation[END_REF]. Semi-occluded airways increase the pressure in the vocal tract, decrease the trans-glottal pressure, and thus, reduce the pressure phonation threshold (Amy de La Bretèque 2014). Semi-occlusion exercises of the vocal tract have been practiced for a long time by singers (using closed vowels) and are now recognized to be effective for voice rehabilitation, especially with the help of a straw [START_REF] Mills | Effects of Straw Phonation Through Tubes of Varied Lengths on Sustained Vowels in Normal-Voiced Participants[END_REF]. Vocalizing with semi-occluded airways makes the sound source become more efficient and this effect can be maintained after such practice [START_REF] Titze | Vocalization with Semi-Occluded Airways Is Favorable for Optimizing Sound Production[END_REF].

The source can also affect the filter as a level 2 interaction. As already discussed at the beginning of this Sec. I.1.3, the upper vocal tract is bounded by the lips from one side and the vocal folds on the other side, and the resonances are dependent on the boundary conditions of the waveguide. From a closed glottis condition to a low-pitch speaking-like phonation, the vocal tract resonances measured in-vivo are quite stable in frequency but have higher bandwidths in average (up to 90 % for B R 1 for male) [START_REF] Hanna | Frequencies, Bandwidths and Magnitudes of Vocal Tract and Surrounding Tissue Resonances, Measured through the Lips during Phonation[END_REF]. The frequency of the first resonance rises with both in-vitro increasing glottal width and increasing glottal open quotient [START_REF] Barney | The Effect of Glottal Opening on the Acoustic Response of the Vocal Tract[END_REF], and increasing peak glottal area [START_REF] Birkholz | How the Peak Glottal Area Affects Linear Predictive Coding-Based Formant Estimates of Vowels[END_REF]). An upward shift of the resonance frequencies has also been reported in-vivo for whisper phonation and for creak phonation (M0 laryngeal mechanism) [START_REF] Swerdlin | The Effect of Whisper and Creak Vocal Mechanisms on Vocal Tract Resonances[END_REF]. Producing the same note, singers tend to have lower R 1 (-65 Hz) and R 2 (-90 Hz) in laryngeal mechanism 2 (M2) than in mechanism 1 (M1) [START_REF] Bernardoni | Vocal Tract Resonances in Singing: Variation with Laryngeal Mechanism for Male Operatic Singers in Chest and Falsetto Registers[END_REF].

I.2 Experimental methods dedicated to the study of vocal tract acoustics

The geometry of the vocal tract from the glottis to the lips, including the nasal cavities in case of velopharyngeal opening, is delimited by the position of surrounding tissues and articulation. The shape and boundary conditions of this airway define acoustic resonances at specific frequencies. The resonances of the vocal tract thus amplify harmonics in the glottal airflow source produced at the glottis, giving rise to formants in the voice spectrum. These spectral emergencies are then perceived as vowels. The characterization of the vocal tract acoustics, i.e. the estimation of the parameters of its resonances, can therefore be based on each of these aspects: geometry of the vocal tract, acoustical resonances, and formants in the voice spectrum. A nice review can be found in [START_REF] Wolfe | Vocal Tract Resonances in Speech, Singing, and Playing Musical Instruments[END_REF]. It is completed by new references in the current section.

I.2.1 From the voice signal: formant estimation

The voice signal is the most accessible data since all you need is a microphone to record it. In the framework of the source-filter theory, the formants in the voice spectrum can be analyzed to estimate the vocal tract resonances. Cepstral analysis (inverse Fourier transform of the logarithm of the signal spectrum) is a tool to highlight periodic structures in the frequency spectrum [START_REF] Noll | Short-Time Spectrum and "Cepstrum" Techniques for Vocal-Pitch Detection[END_REF]. Applied to a voice signal, it enables the separation of the formants and the fundamental frequency (that contribute additively in the logarithm of the spectrum), that appear at first and higher cepstral coefficients, respectively. The frequencies of the formants can thus be estimated manually by peak-picking or automatically detected [START_REF] Schafer | System for Automatic Formant Analysis of Voiced Speech[END_REF], with errors that may reach 100 Hz [START_REF] Shadle | Comparing Measurement Errors for Formants in Synthetic and Natural Vowels[END_REF].

The need for efficient transmission of voice communication has led to coding techniques to compress waveform data, see review in (O'Shaughnessy 2023). According to the source-filter theory, the voice waveform can be coded with a few parameters describing independently the source and the filter. Linear predictive coding (LPC) assumes a linear difference equation, i.e., a discrete-time expression of the voice signal (at the current time step) as a linear combination of the previous time steps (and the current input). This translates in the frequency domain as an all-pole filter, modeling the vocal tract filtering [START_REF] Makhoul | Linear Prediction: A Tutorial Review[END_REF]. It can be performed either in the time or the frequency domain. Analyzing a voice signal (decoding) with LPC consists in estimating the parameters of both the filter model and the source model. In the other direction, a voice signal may be synthesized (coding or more specifically vocoding) from estimated parameters. With assumptions on both models of filter and source, the LPC method thus leads to estimates of the frequency and the bandwidth of the formants as maxima of the filter [START_REF] Atal | Speech Analysis and Synthesis by Linear Prediction of the Speech Wave[END_REF]. It has been mainly used for speech analysis but also for singing studies, with several modelings and algorithms, reviewed in [START_REF] Alku | Glottal Inverse Filtering Analysis of Human Voice Production -A Review of Estimation and Parameterization Methods of the Glottal Excitation and Their Applications[END_REF], such as discrete all-pole modeling (El-Jaroudi et [START_REF] El-Jaroudi | Discrete All-Pole Modeling[END_REF] or analysis by synthesis [START_REF] Titze | Acoustics of the Tenor High Voice[END_REF].

LPC analysis is widely used in the voice community as a fast, easy-to-use, and non-invasive tool for estimating formants from speech signals. However, it suffers from bias [START_REF] Whalen | Formants Are Easy to Measure; Resonances, Not so Much: Lessons from Klatt (1986)a)[END_REF]. Estimated formants may get closer to strong voice harmonics than to the real center of the resonances (known as the harmonic attraction effect) because attributing the origin of harmonic energy to the filter or to the source is the main difficulty. The accuracy of estimates of formant frequency is dependent on the fundamental frequency, with a standard deviation ranging from 50 Hz to 164 Hz for f o increasing from 100 Hz and 500 Hz in synthetic vowels measurement [START_REF] Monsen | The Accuracy of Formant Frequency Measurements[END_REF]. This issue persists in recent algorithms and results are thus dependent on f o (even for speech pitches): standard deviations of estimates of the first formant frequency range from 10 Hz to 50 Hz, on synthetic signals with 133 < f o < 200 Hz, according to the algorithm used [START_REF] Shadle | Comparing Measurement Errors for Formants in Synthetic and Natural Vowels[END_REF]. In highpitched voices, the harmonics sample the spectrum envelope with only a few frequencies, preventing the LPC analysis from accurately estimating formants. This issue is depicted in Fig. I.9. The inverse filtering error on the formants estimates significantly increases from a 200 Hz fundamental frequency, indicating that it does not suit for accurate singing voice analysis [START_REF] Arroabarren | Inverse Filtering in Singing Voice: A Critical Analysis[END_REF]. 

f 0 = 130 Hz (C3) F 1 F 2 F 3 0.1 1 2 3
frequency (kHz) With the intent of improving formant estimation by using a spectrally rich glottal source, subjects can be asked to produce a different glottal source. Whisper is produced by turbulent airflow through partially closed vocal folds and vocal tract constrictions, creating a rich spectrum. It allows more accurate determination of formants [START_REF] Pham | Caractérisation Acoustique Du Conduit Vocal : Fonctions de Transfert Acoustique et Sources de Bruit (Étude Des Voyelles Chuchotées et Des Consonnes Fricatives Non Voisées)[END_REF]. Creak voice (laryngeal mechanism M0), producing a low pitch and thus close harmonics (or non-periodic voice and thus a quasicontinuous spectrum), also provides precise formant frequencies [START_REF] Miller | Comparison of Vocal Tract Formants in Singing Andnonperiodic Phonation[END_REF]. However, in these measurement methods, the boundary condition at the glottis is modified compared to natural speech or the singing gesture, intrinsically modifying the vocal tract resonances, as discussed in Sec. I.1.3.
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In any case, formants can only give an approximation of the vocal tract resonances because their estimation is based on the source-filter model, assuming the formants are the direct result of the vocal tract resonances in the voice spectrum; it does not take into account possible source-filter interactions [START_REF] Palaparthi | Analysis of Glottal Inverse Filtering in the Presence of Source-Filter Interaction[END_REF].

I.2.2 From the vocal tract geometry: Magnetic Resonance Imaging and replicas

Magnetic Resonance Imaging has been used since the 1990s to acquire images of the vocal tract [START_REF] Baer | Analysis of Vocal Tract Shape and Dimensions Using Magnetic Resonance Imaging: Vowels[END_REF]) and to study the relationship between the three-dimensional shape and voice acoustics [START_REF] Sulter | On the Relation between the Dimensions and Resonance Characteristics of the Vocal Tract: A Study with MRI[END_REF]. It can either be used to reconstruct the 3D geometry with static articulators (3D MRI) [START_REF] Demolin | Three-Dimensional Measurement of the Vocal Tract by MRI[END_REF], or to visualize dynamically the movements of the articulation in the mid-sagittal plane (real-time MRI) [START_REF] Bresch | Seeing Speech: Capturing Vocal Tract Shaping Using Real-Time Magnetic Resonance Imaging Understanding Human[END_REF][START_REF] Echternach | Dynamic Real-Time Magnetic Resonance Imaging for the Analysis of Voice Physiology[END_REF]. The articulators (epiglottis, pharynx, velum, tongue, lips,...) are manually and/or automatically segmented [START_REF] Silva | Unsupervised Segmentation of the Vocal Tract from Real-Time MRI Sequences[END_REF] and bone tissues, chiefly teeth, jaw and skull, have to be added to images because they are not visible on MRI. Advances in both the acquisition of images and the image processing allow for better resolution in the contours of articulators [START_REF] Zhou | Improved Vocal Tract Reconstruction and Modeling Using an Image Super-Resolution Technique[END_REF][START_REF] Toutios | Advances in Real-Time Magnetic Resonance Imaging of the Vocal Tract for Speech Science and Technology Research[END_REF]. Such analyses enable the study of the vocal tract shape in speech or singing [START_REF] Echternach | Vocal Tract Shapes in Different Singing Functions Used in Musical Theater Singing-A Pilot Study[END_REF][START_REF] Leppävuori | Characterizing Vocal Tract Dimensions in the Vocal Modes Using Magnetic Resonance Imaging[END_REF].

In order to estimate the resonances from one shape, the vocal tract geometry is extracted from the data and is sliced, along an estimated center line, into an area function. This latter is used for wave propagation modeling [START_REF] Story | Vocal Tract Area Functions from Magnetic Resonance Imaging[END_REF]. The voice transfer function is thus computed, as illustrated in Fig. I.10, and the characteristics of its resonances can be measured. Acoustical effects of each part of the vocal tract with realistic dimensions can then be studied in a synthesizer [START_REF] Birkholz | Modeling Consonant-Vowel Coarticulation for Articulatory Speech Synthesis[END_REF]. However, modeling the voice transfer function only from real geometrical data implies assuming several parameters such as the boundary condition at the glottis and the wall impedance of the vocal tract, in addition to the choice of model. The effect of the glottis condition has already been discussed in Sec. I.1.3 for source-filter interactions. Wall impedance has been reported to be crucial in estimating comparable resonance bandwidth to in-vivo measurements [START_REF] Fleischer | Formant Frequencies and Bandwidths of the Vocal Tract Transfer Function Are Affected by the Mechanical Impedance of the Vocal Tract Wall[END_REF].

Another application from MRI data is to make vocal tract replicas, with more or less degrees of reality according to their purpose. Replicas allow the manipulation of a vocal tract geometry and the easy estimation of its acoustic properties; these may be compared to numerical modeling results [START_REF] Fleischer | How to Precisely Measure the Volume Velocity Transfer Function of Physical Vocal Tract Models by External Excitation[END_REF] ; Birkholz et al. MRI provides vocal tract dimensions and articulation data, essential for voice studies, that can be used in both numerical modeling and replica measurement. However, in addition to being an expensive technique and not easily accessible, the estimated acoustical characteristics are only inferred from the vocal tract geometry and rely on other in-vivo measurement data to support realistic models.

I.2.3 From the resonances with an external acoustic source

Direct evaluation of the resonances of a vocal tract requires a complete acoustical study, i.e., to use an acoustic source whose characteristics are known, and to record the response of the resonator to this excitation.

I.2.3.1 Acoustic source at the neck

Laryngectomized individuals, whose larynx or vocal folds has been removed for medical purpose, may use a vibration source as an artificial larynx (also known as electrolarynx) to produce a source at the neck. Such devices produce an excitation signal that is transmitted to the glottis level and propagates through the vocal tract, thus emitting an articulated artificial voice. For measurement purposes in healthy individuals, the electrolarynx at the neck is used along with a microphone placed at the lips to record the transfer function from the neck to the lips. Several types of signal have been used in literature: a sweep-tone ranging from 100 Hz to 5000 Hz in about 8,5 s [START_REF] Fujimura | Sweep-Tone Measurements of Vocal-Tract Characteristics[END_REF], or several seconds of white-noise [START_REF] Castelli | Vocal Tract Transfer Functions with White Noise Excitation-Application to the Naso-Pharyngeal Tract[END_REF], both assuming subjects do not move their articulators in the meantime. Pseudo-random sequences allow for real-time (100 ms) measurement and simultaneous sound production [START_REF] Djeradi | Measurement of the Acoustic Transfer Function of the Vocal Tract: A Fast and Accurate Method[END_REF]. Both frequency and bandwidth of the vocal tract resonances are directly estimated from the amplitude maxima of the measured transfer function.

However, such techniques have two main disadvantages [START_REF] Pham | Vocal Tract Acoustic Transfer Function Measurements : Further Developments and Applications[END_REF]. The transfer function of the neck tissues is unknown and can not be removed from the measured transfer function. Measurement has been reported to be uncomfortable for the subjects because the electrolarynx power has to be 3 to 4 times higher than that of speech in order to perform accurately.

I.2.3.2 Acoustic source at the lips

From the other side of the vocal tract, an alternative approach consists of exciting the resonator from the lips. Originally designed for wind instruments [START_REF] Wolfe | Real Time Measurement of Acoustic Transfer Functions and Acoustic Impedance Spectra[END_REF][START_REF] Wolfe | A System for Real Time Measurement of Acoustic Transfer Functions[END_REF][START_REF] Wolfe | Acoustic Impedance Spectra Of Classical And Modern Flutes[END_REF], the first device to measure the vocal tract resonances in real-time with an excitation source and a microphone at the lips has been further described in details by [START_REF] Epps | A Novel Instrument to Measure Acoustic Resonances of the Vocal Tract during Phonation[END_REF], even if it had already been used [START_REF] Dowd | Real Time, Non-Invasive Measurements of Vocal Tract Resonances: Application to Speech Training[END_REF]. The principle of this measurement is illustrated in Briefly, an acoustic source (output of an inverted horn, and a slightly flexible tube, connected to a loudspeaker) and a microphone are positioned together at the lips, so that subjects can naturally open their mouths. A broadband signal (a sum of sine waves at discrete frequencies spaced at intervals of 5,38 Hz with random or selected phases) is synthesized. During the first calibration step, with a closed mouth condition, the amplitude of harmonics is adjusted to obtain an approximately flat (or other desired) spectrum over the desired frequency range ("injected signal" in Fig. I.11). This is followed by one or more further steps to cancel out the effects of nonlinearities in the source. The next step consists in measuring the response spectrum of the vocal tract while the subject opens the mouth and, eventually speaks or sings. In the latter case, voice harmonics are removed from the measured pressure spectrum. The resulting measured spectrum is the ratio of the spectra in the open-mouth and closed-mouth conditions. It is interpreted as the ratio of the impedance of the vocal tract seen from the lips, in parallel with its radiation impedance, to that of the radiation field from the lips. It exhibits the resonances of the vocal tract as maxima in the measured ratio of spectra, closely followed by anti-resonances. The accuracy of estimate of resonance frequencies is said to be of the order of 10 Hz. An open software with a graphical user interface has recently been released for pedagogical purposes [START_REF] Jeanneteau | A Real-Time Feedback System for Vocal Tract Tuning[END_REF]. The method and the measurement model are not further detailed here as we extensively study them in Chap. II. We also do not focus here on the separation between voice and the vocal tract response to the excitation, which is addressed in Chap. IV. .12 (mid-left), by adding a velocity sensor alongside the microphone so that the output impedance of this source is directly measured. A swept-sine (500 Hz to 5 kHz, 166 ms) is used with a deconvolution method to cancel harmonics distortions in the excitation signal due to the non-linear behavior of the loudspeaker at high sound pressure level. The resolution of the measured spectrum is thus not limited, contrary to the frequencies of the sine waves used in RAVE. However, the velocity sensor has been found to saturate because airflow is produced by phonation gesture [START_REF] Stoffers | Comparison of Vocal Tract Resonance Characteristics Using LPC and Impedance Measurements[END_REF]. In this case, only the pressure sensor is used, similar to RAVE. A miniaturized device has also been made [START_REF] Kob | Vocal-Tract Impedance at the Mouth -from 1995 to Today A Tribute to Joe Wolfe and John Smith[END_REF], depicted in Fig. I.12 (mid-right). [START_REF] Thilakan | Acuz-Lite: Ultra-Portable Real-time Estimation of Vocal Tract Resonance[END_REF] propose a portable version of RAVE device, illustrated in Fig. I.12 (right), called ACUZ-light, by replacing the excitation system with a pocket-size (5 × 5 × 5 cm 3 ) loudspeaker and by performing measurement in 0,75 s with the same excitation signal as RAVE. To improve the measurement of the resonances at low frequency, the loudspeaker and the microphone can be positioned at each side of the mouth opening, and acoustic foam can be added between them to increase the radiation impedance [START_REF] Thilakan | Vocal Tract Resonance Detection at Low Frequencies: Improving Physical and Transducer Configurations[END_REF]. In that case, the resonances of the vocal tract are modified because the boundary condition at the lips is changed. It has to be noticed that the authors unexpectedly focus on the minima of the amplitude of the measured frequency response at the lips and not on its maxima.

In other attempts to make the device tinier and easier to use, [START_REF] Hoyer | Adjustment of the Vocal Tract Shape via Biofeedback: A Case Study[END_REF] replace the excitation source with a smartphone loudspeaker (piezoelectric buzzer). A smartphone application with exponential swept-sine excitation has been proposed by [START_REF] Delvaux | Sinesweep-Based Method to Measure the Vocal Tract Resonances[END_REF]. Other excitation signals have also been tested. [START_REF] Ahmadi | Measuring Resonances of the Vocal Tract Using Frequency Sweeps at the Lips[END_REF] use a linear sweep-frequency cosine chirp pulse train (2 Hz), that allows for real-time measurement, with a good match in resonance frequencies estimate between measurement and modeling of tract replica.

The resonance frequencies of the vocal tract have been widely measured, as amplitude maxima of the frequency response at the lips, non-exhaustively, for pronunciation learning [START_REF] Dowd | Real Time, Non-Invasive Measurements of Vocal Tract Resonances: Application to Speech Training[END_REF][START_REF] Dowd | Learning to Pronounce Vowel Sounds in a Foreign Language Using Acoustic Measurements of the Vocal Tract as Feedback in Real Time[END_REF], for resonance tuning studies with around 4 s acquisition duration to improve the signal to noise ratio and resonances resolution [START_REF] Joliveau | Vocal Tract Resonances in Singing: The Soprano Voice[END_REF][START_REF] Henrich | Resonance Strategies Used in Bulgarian Women's Singing Style: A Pilot Study[END_REF][START_REF] Garnier | Vocal Tract Adjustments in the High Soprano Range[END_REF][START_REF] Henrich | Vocal Tract Resonances in Singing: Strategies Used by Sopranos, Altos, Tenors, and Baritones[END_REF][START_REF] Bernardoni | Vocal Tract Resonances in Singing: Variation with Laryngeal Mechanism for Male Operatic Singers in Chest and Falsetto Registers[END_REF], for learning resonance tuning with real-time visual feedback [START_REF] Jeanneteau | Using Visual Feedback to Tune the Second Vocal Tract Resonance for Singing in the High Soprano Range[END_REF]. Some authors have proposed several metrics around the amplitude maxima and the minima, and phase information, to extract resonance characteristics but do not give a direct estimate of resonance bandwidth [START_REF] Stoffers | Comparison of Vocal Tract Resonance Characteristics Using LPC and Impedance Measurements[END_REF][START_REF] Thilakan | Acuz-Lite: Ultra-Portable Real-time Estimation of Vocal Tract Resonance[END_REF]. Extraction of global features from the measured frequency response at lips has also been performed to identify vowels by means of machine learning [START_REF] Balamurali | Automated Classification of Vowel-Gesture Parameters Using External Broadband Excitation[END_REF], to classify speakers without supervision in a multi-dimensional space [START_REF] Balamurali | Analyzing Intra-Speaker and Inter-Speaker Vocal Tract Impedance Characteristics in a Low-Dimensional Feature Space Using t-SNE[END_REF], and to estimate the vocal tract geometry by means of deep neural network [START_REF] Balamurali | Estimating Vocal Tract Geometry from Acoustic Impedance Using Deep Neural Network[END_REF]. We present below two derived measurement devices. [START_REF] Hanna | Frequencies, Bandwidths and Magnitudes of Vocal Tract and Surrounding Tissue Resonances, Measured through the Lips during Phonation[END_REF] has developed a method based on a three-microphones waveguide impedance measurement. The device is illustrated in Fig. I.13 (left). It provides precise measurement of the vocal tract impedance seen from the lips but constrains the articulation because the lips are sealed around the tip of the device. To our knowledge, the characteristics of the resonances (frequency, amplitude, and bandwidth) thus measured are the most reliable in-vivo data, both during the phonation gesture and closed glottis condition. However, the condition at the lips is modified by the measurement method and the effects of the radiation at the lips are not taken into account in the resonance characteristics. This measurement method has been used to determine the vocal tract geometry from the acoustics data, known as the inverse area function problem [START_REF] Rodriguez | Estimation of Vocal Tract and Trachea Area Functions from Impedance Spectra Measured through the Lips[END_REF].

The measurement at the lips has also been adapted to the detection of hypernasality [START_REF] Young | Evaluation of Noise Excitation as a Method for Detection of Hypernasality[END_REF]. For that purpose, the microphone and the excitation source are positioned at the nostrils input (but not inserted), as illustrated in Fig. I.13 (right). In the case of a velopharyngeal opening, a systematic difference between 2 kHz and 2,5 kHz has been detected on the frequency response at the nose, for a subject trained to speak with nasality. 

I.3 Conclusion

In this chapter, the vocal apparatus has been described according to its three functional parts: breathing, phonating, and resonating. Voice acoustics has first been presented in the framework of the source-filter theory. Limitations of this latter to describe the effect of the filter on the source, and reciprocally, have been mentioned as source-filter interactions of level 1 and level 2.

The experimental methods to measure the vocal tract resonances have been reviewed: the formant estimation focuses on maxima of the envelope of the voice spectrum, the MRI approach computes the acoustical properties from the vocal tract geometry, and external acoustic sources allow direct estimation of resonances. A resume of the measurement techniques is given in Table . I.1, along with their advantages and drawbacks. In this manuscript, we choose to focus on the excitation at the lips method because it provides an ecological measurement and does not rely on any assumption on the glottal condition. However, the relationship between the measured resonances, which are close to anti-resonances on the frequency response at the lips, and the characteristics of the vocal tract resonances (e.g., of the voice transfer function) is not well established, except for their frequencies. Moreover, to our knowledge, there is no systematic study of the accuracy, or benchmark, that compares the frequency response at the lips to a measurement model on a simplified tract replica, ensuring modeling validity. The dynamic of articulation, and thus of the vocal tract resonances, in singing requires measurement either in real-time or on a short time on which we could assume a stationary waveguide. In the latter case, the shorter the measure, the better. Issues related to the measurement model and resonances characterization are addressed in the following Chap. II, along with the choice of excitation signal and processing in line with the measurement constraint. The measurement method is tested to estimate vocal tract resonances of replicas in Chap. III, and some device improvements are proposed. The use of measurement at the lips during a phonation gesture implies that both the voice signal and the response to the excitation signal are recorded, with the former contaminating the excitation frequency response. A separation between the two recorded signals is needed to ensure accurate characterization of the resonances. This separation source issue is addressed in Chap. IV.

Chapter II

Resonances measurement with excitation at the lips: method, principle and measurement model

In Chap. I, the principles of voice production have been described, and the methods developed in the literature to characterize vocal tract acoustics have been reviewed. We now focus on the method using an excitation source and a microphone at the lips, because it provides an ecological measure, i.e. without any constraint on the vocal gesture. In this chapter, the overall measurement method is detailed, from the device to the excitation signal and its suitable processing. The discussion on material and analysis tools choice is generalized to the human measurement context which sets sound pressure level constraints. The measurement model is established from acoustics equations, and experimentally validated on vocal tract replicas without a voice signal. Finally, we characterize the resonances measured at the lips by providing the relationship with those of the voice transfer function and by numerical comparison. 

Contents

II.1 From computer to vocal tract and back: description of the device

The setup is based on the same equipment as previous resonances measurement studies with an acoustic excitation and a microphone both positioned at the lips [START_REF] Epps | A Novel Instrument to Measure Acoustic Resonances of the Vocal Tract during Phonation[END_REF][START_REF] Joliveau | Vocal Tract Resonances in Singing: The Soprano Voice[END_REF][START_REF] Garnier | Vocal Tract Adjustments in the High Soprano Range[END_REF][START_REF] Bernardoni | Vocal Tract Resonances in Singing: Variation with Laryngeal Mechanism for Male Operatic Singers in Chest and Falsetto Registers[END_REF][START_REF] Jeanneteau | Using Visual Feedback to Tune the Second Vocal Tract Resonance for Singing in the High Soprano Range[END_REF] This section is written as a discussion on measurement constraints and recommendations on equipment choice. The equipment used in two different measurement campaigns is summarized in Sec. II.1.3.

II.1.1 Excitation source

The excitation source consists of a flexible capillary (4 mm inner diameter, 1 m length) positioned at the lips, and connected by means of an impedance adapter horn to a loudspeaker. The latter is driven by a sound card and an amplifier. The amplifier and loudspeaker are chosen to optimize the signal-to-noise ratio (SNR), with a high sound pressure level (SPL) at the lips, in the frequency band of interest (100 -5000 Hz, for the first five resonances of the vocal tract). In anticipation of measurement on singers during voice production, excitation sound pressure level should not be too low and comparable to voice SPL, which can be up to 145 dB at 5 cm from the lips for loudest cases [START_REF] Švec | Guidelines for Selecting Microphones for Human Voice Production Research[END_REF]. A compression driver is used to produce such high SPL, with a non-flat frequency response. For high SPL excitation, the loudspeaker behavior is generally non-linear: harmonics of the excitation signal are also produced and are perceived as high-frequency distortion. The choice of the excitation signal to overcome this limitation is discussed in Sec. II.2. The low cut-off frequency, around 200 Hz for 2 " drivers, may be challenging to produce enough energy at low frequencies. The spectrum of the excitation signal can compensate for this lack of energy (see Sec. II.2). In practice, the excitation level is adjusted perceptually and graphically so that signatures of both voice and vocal tract are seen on results [START_REF] Delvaux | Sinesweep-Based Method to Measure the Vocal Tract Resonances[END_REF], before applying a voice separation method (Chap. IV).

The impedance adapter is a 3D-printed cone that optimizes the power transmission from the loudspeaker output section (a few centimeters squared) to the capillary input section (16 mm 2 ). Ideally, the excitation acts as a point source at the capillary output. This is practically realized by ensuring that radiation from the loudspeaker and impedance adapter to the outside is minimized by means of acoustic insulation. The capillary is also coated by a thicker and more rigid tube, except on the last 5 cm near the lips to keep some flexibility. Such insulation prevents interference due to other possible radiating surfaces, that could appear in measures as systematic noise at specific frequencies.

With the intent of proposing a low-cost and portable device, the replacement of the excitation system (loudspeaker, impedance matching horn, and flexible tube) with a piezoelectric buzzer (highly affordable as largely distributed in smartphone and many other consumer electronics) have been tested. The idea originally came from a collaboration with Patrick Hoyer, who already used such acoustic source [START_REF] Hoyer | Adjustment of the Vocal Tract Shape via Biofeedback: A Case Study[END_REF]. The tiny size of the buzzer comes with a low-frequency cut-off around 800 Hz [START_REF] Gonçalves | Accelerating Replay Attack Detector Synthesis with Loudspeaker Characterization[END_REF]. Such a frequency response is not suitable for a precise characterization of the first resonance of the vocal tract, located between 250 -1000 Hz (see I.1.2), because it is related to a low Signal-to-Noise ratio. Moreover, the piezoelectric buzzer (2.5 × 2 cm), outside a box (smartphone), does not act as a point source and radiates anisotropically on all its surfaces. This behavior produces interference and adds some noise to the measure. The use of a smartphone buzzer is therefore not recommended for accurate measurements but could be used for educational purposes, considering only second and higher resonances.

II.1.2 Microphone parameters

The recording system is composed of a microphone, a suitable preamplifier if needed, and a sound card. The choice has been made to ensure that the overall method can work with classical audio equipment (i.e., not requiring expensive lab measurement equipment) so that it can be used easily in several environments (not only anechoic room) and with low-cost equipment. The selection of a microphone for voice studies with respect to its parameters has been reviewed by [START_REF] Švec | Guidelines for Selecting Microphones for Human Voice Production Research[END_REF]. In the case of vocal tract resonances measurement with an excitation at the lips, we focus on the recording of the characterization signal and not on the voice. For a microphone placed at the lips, as that has been done historically [START_REF] Epps | A Novel Instrument to Measure Acoustic Resonances of the Vocal Tract during Phonation[END_REF]) (another position is studied in Sec. III.2), the size of its body should be relatively small compared to the mouth opening so that the vocal tract radiation is not disturbed (for example microphones 1/4" or lavalier microphones). The characteristics of a DPA4062 (DPA Microphones 2023) illustrate the discussion throughout this section.

Frequency response

The microphone should have a relative flat response (± 3 dB) over the frequency bandwidth of interest, generally 100 Hz to 5000 Hz for the first five vocal tract resonances (example, ± 2 dB in 20 Hz -10 kHz). A strictly flat response (± 1 dB) is not needed as the method is based on a ratio of an open-mouth condition measure and a closed-mouth condition calibration (see next Sec. II.2.2), compensating the responses of the recording line and the measurement system including the microphone. This compensation also allows for non-calibrated microphones to be used. However, a compensated deviation higher than 3 dB from a linear response would result in a degraded SNR.

Sensitivity and dynamical range

The maximum and minimum sound pressure levels (SPL) that the microphone can record are related to its sensitivity. A low sensitivity (DPA4062 example: 1 mV/Pa) induces a high internal noise level (DPA4062 example: 33 dBA), which is a lower bound of the noise of a recording (noise from the work environment, such as fans, could contribute). A low sensitivity enables a high measurable sound pressure level. The maximum SPL is defined as the SPL ensuring a distortion rate, called total harmonic distortion (THD), under 1 % (DPA4062 example: 120 dB SPL RMS or 123 dB SPL peak). Distortions appear physically when the SPL is high enough so that the microphone has a nonlinear response. The maximum SPL, which could damage the microphone if exceeded, is defined for a THD of 10 % (example, 154 dB SPL peak). The dynamic range is the difference between the peak SPL at THD < 1 % and the internal noise. When performing a measurement, the sound pressure level to be recorded must be much higher (> 15 dB) than the microphone internal noise, and lower than the SPL at THD < 1 % of the microphone. If the measurement is performed during a singing gesture, the maximum SPL of the voice sets the maximum SPL for the choice of the microphone.

Directional pattern

The directivity of the microphone is not a crucial parameter as it is located in the near-field of the radiation by the vocal tract and the excitation tube. If the measurement environment is not anechoic, a cardioid pattern will limit the effect of the room, and the point source approximation of the excitation will be better. In all cases, the directional pattern is compensated by the measurement method using a calibration (see Sec. II.2.2). Omnidirectional microphones are used in this work.

II.1.3 Summary of the material and setups

Two setups, presented in Tab. II.1, are used depending on location and type of studies: in vitro measures on vocal tract replicas at the Laboratoire de Mécanique et d'Acoustique (Chaps. II, III), in vivo measures on human subjects at San Salvo (Chap. V). Measurements are performed with a sample rate f s = 44,1 kHz and a 24-bit depth. Note that the frequency rate needs only to be twice the upper frequency bound of the excitation signal to respect the Shannon limit. 

II.2 From sensor to plot: design of the excitation signal and signal workflow

The choice of the excitation signal meets the following constraints:

-a frequency range between 100 -5000 Hz, encompassing the first 5 resonances of the vocal tract in the plane wave approximation (1D model).

-a duration close to the mean length of a vowel (0,6 s in classical singing), discussed in Sec. I.1.2.3, in line with the stationary assumption. In practice, we use 1 s signals throughout this thesis because of the separation issue with voice (see Chap. IV). When measurements are performed without a phonation gesture, the signal length can be shortened as long as the Signal-to-Noise Ratio for each frequency bands is good enough.

-a method to extract the linear impulse response of the vocal tract from the non-linear distortions harmonics produced by the excitation line for high sound pressure level.

The latter leads us to use a swept-sine (or chirp, or sweep) signal1 . First, the properties of such signals, in the linear and in the exponential cases, for the characterization of nonlinear systems are described. Then the method of the vocal tract resonances measurement with swept-sine excitation is detailed.

II.2.1 Swept-sine signals and deconvolution method

A non-linear system with a sine-wave input produces an output with higher harmonics as multiples of the input frequency. In a generalized polynomial Hammerstein model [START_REF] Novak | Nonlinear System Identification Using Exponential Swept-Sine Signal[END_REF], the response is a sum of those of parallel linear filters g n (t) driven by the integer monomial power x n (t) of the input signal x(t):

y(t) = N n=1 x n (t) * g n (t) (II.1)
Estimating the g n from input x(t) and output y(t) allows for the identification of the overall non-linear system.

In our case, we consider the environment (room, face, and vocal tract) around the point source and the microphone as a linear time-invariant system (with impulse response p(t)) over the measurement duration, in line with the stationary assumption. The non-linear parts of the record are due to the excitation line at a high sound pressure level. Thus, we consider that the environment is acoustically excited by the sum of higher harmonics and filters it linearly. The recorded signal z(t) can therefore be written, in the time domain and in the Fourier domain, as:

z(t) = x(t) * g 1 (t) * p(t) + N n=2 x n (t) * g n (t) * p(t) (II.2) Z(ω) = X(ω)G 1 (ω)P (ω) + N n=2 F [x n (t)] G n (ω)P (ω) (II.3)
This is also depicted in Fig. 

II.2.1.1 Deconvolution process

The deconvolution (inverse convolution) method consists of estimating the filters g n (t)p(t), in our case only g 1 (t)p(t), by the ratio between the output signal and the input signal. It is generally made in the frequency domain to optimize computing costs. The deconvolution process is made with the explicit inverse filter X -1 (Eqs. (II.9), (II.16)), detailed in following sections, such that, in the frequency region of interest:

X(ω).X -1 (ω) = 1 (II.4)
The result of the deconvolution can be written in the time domain as:

z(t) * x -1 (t) = g 1 (t) * p(t) + N n=2 x i (t) * g i (t) * p(t) * x -1 (t) (II.5)
For non-linear systems, the choice of the input signal is crucial to allow separation of the contributions of the linear impulse response from the higher harmonics. In other words, x(t) and the inverse filter must be chosen so that the linear impulse response g 1 (t) * p(t) and the higher harmonics are well separated in time. Two types of swept-tone (also called chirp, or sweep), described in the following sections, can be used to do so. Assuming the impulse responses are separated in time, a window (details in next section) is used to extract the linear one. The frequency response function is obtained as the Fourier transform of the windowed impulse response. The deconvolution process is illustrated in 

II.2.1.2 Linear chirp

Swept-sines with a linear frequency modulation are widely used as a radar technique (chirp compression) to find an optimum between long-range and high-resolution performance thanks to its convolution property with a matched filter (the conjugated time-reversed chirp itself) [START_REF] Klauder | The Theory and Design of Chirp Radars[END_REF]. A linear chirp is generated in the time domain as:

x φ lin (t) = A sin (φ lin (t)) (II.6)

with A its amplitude and φ lin (t) its phase:

φ lin (t) = π 2f 0 t + f 1 -f 0 T chirp t 2 (II.7)
with T chirp its duration (s), f 0 its initial frequency (Hz) and f 1 its final frequency (Hz). The chirprate is defined as

β = (ω 1 -ω 0 )/T chirp (rad.s -2 ). A linear swept-tone time signal is illustrated Fig. II.4 (left), for following parameters: A = 1, T chirp = 1 s, f 0 =100 Hz, f 1 =5000
Hz, with 50 ms sinusoidal fade in and fade out. The spectrum of the chirp (with infinite duration) for positive frequencies can be analytically computed by means of a stationary phase approximation [START_REF] Fowle | The Design of FM Pulse Compression Signals[END_REF] as: The fade-in and fade-out are not taken into account in the analytical formula. The inverse filter for the deconvolution process in the frequency domain is directly the inverse of the spectrum: The rising phase from 3,7 kHz is due to a phase unwrap issue.

X φ lin (ω) = A 2π β exp j (ω -ω 0 ) 2 2β + π 4 (II.
X φ lin ,-1 (ω) = 1 A β 2π exp -j (ω -ω 0 ) 2 2β + π 4 (II.

Numerical deconvolution

We simulate a non-linear system with filter G 1 = 1. We consider a 1 s output signal, with 3 higher harmonics as multiples of the instantaneous phase of the linear trend:

y(t) = x φ lin (t) + 0.4x 2φ lin (t) + 0.2x 3φ lin (t) + 0.1x 4φ lin (t) (II.10)
This example is intentionally simplified with decreasing amplitudes for higher harmonics in order to avoid the linearization calculus of the sinusoidal powers. The parameters of the main trend x φ lin (t) are the same as the previous example Fig. II.4. The spectrogram of this signal is depicted in Fig. II.5 (left).

The deconvolution process is performed in the frequency domain with the inverse filter Eq. (II.9). The result is illustrated with a spectrogram (Fig. II.5 (right)), by putting the signal end-to-end similarly to a circular convolution result. The deconvolution process corresponds to a shear of the time-frequency plane with a shear time such that (t,f )

→ (t -(f -f 0 )/β,f ).
Linear impulse extraction The linear impulse response in time domain (Fig. II.6 (left)) is extracted by windowing. The delay between the linear impulse response and those of the higher harmonics is ∆t = f 0 /β. The time length of the impulse response, or identically the duration of the longest free oscillations, depends on the dynamical system characterized. The window must be at least as long as the impulse response time length. Cutting the tail of the impulse response would result in a damped estimate of the corresponding resonance. A so-called Tukey (or tapered cosine) window is applied as fade in and fade out to smooth the side effects of computing the frequency response function, Fourier transform of the windowed impulse response (see Fig. II.6). For instance, the first acoustic resonance of a 15 cm metal tube has a quality factor

Q R 1 (f R 1 = 545 Hz) ≃ 60 and the relaxation time of this resonance is τ r = Q R 1 /f R 1 ≃ 18 ms (results from numerical modeling, details in Appendix A).
The impulse response duration can be estimated as 10τ r ≃180 ms, which gives around 8000 samples at 44,1 kHz sampling frequency. We take 8192 points, as a power of 2, to enhance the efficiency of the Fourier transform when computing the transfer function.

The resonances of the vocal tract are roughly five times more damped than a metal tube [START_REF] Hanna | Frequencies, Bandwidths and Magnitudes of Vocal Tract and Surrounding Tissue Resonances, Measured through the Lips during Phonation[END_REF], so there is no risk of cutting the tail of the impulse response in the measurement case with those parameters. The frequency response function G 1 = 1, associated with the linear impulse response of the example, is well retrieved by the deconvolution method with a linear swepttone over the excited frequency range. The fade-in and fade-out applied to the input signal appear on the sides of the frequency band because we choose not to extend the input signal with fades in order to keep the chirp rate and the signal duration as fixed parameters. The vocal tract resonances measurement method is completed in Sec. II.2.2.

II.2.1.3 Exponential chirp

The use of swept-sines with an exponential frequency modulation for the characterization of nonlinear systems was first described by [START_REF] Farina | Simultaneous Measurement of Impulse Response and Distortion With a Swept-Sine Technique[END_REF], with later improvements [START_REF] Farina | Advancements in Impulse Response Measurements by Sine Sweeps[END_REF]. A reformulation was proposed by [START_REF] Novak | Synchronized Swept-Sine: Theory, Application, and Implementation[END_REF] with a synchronized definition of the swept-sine in order to recover phases of the higher harmonics frequency responses. Even if we are not directly interested in the higher harmonics for the vocal tract resonances measurement, we use the up-to-date definition. The synchronization corresponds to the following property: a shift of the signal by ∆t n is the same signal with a n-times higher phase. ∆t n is the delay between the harmonic impulse responses. It follows that the chirp duration T chirp , its initial frequency f 0 and its final frequency f 1 are dependent such that:

f 0 T chirp ln(f 1 /f 0 ) ∈ Z * (II.11)
Thus, one of the parameters is constrained by that condition. We choose to keep a fixed chirp duration because of the time constraint related to the stationary hypothesis during our measurement, and to round the final frequency to the nearest higher one matching Eq. (II.11). Denoting as f 1 the prescribed final frequency, the chirp log-rate increase is computed as:

L = 1 f 0 E +1 f 0 T chirp ln( f 1 /f 0 ) , (II.12)
with E +1 [•] the nearest higher integer. The effective final frequency is

f 1 = f 0 exp(T chirp /L).
The exponential swept-sine signal is generated in time as:

x φexp (t) = A sin (φ exp (t)) (II.13)
with A its amplitude and its phase:

φ exp (t) = 2πf 0 Le t/L (II.14)
It is illustrated Fig. II.7 (left), for following parameters: A = 1, T chirp = 1 s, f 0 =100 Hz, f 1 =5000 Hz, and f 1 =5459,8 Hz, with 50 ms sinusoidal fade in and fade out.

Its spectrum for positive frequencies can be analytically computed by means of a stationary phase approximation [START_REF] Novak | Synchronized Swept-Sine: Theory, Application, and Implementation[END_REF] as:

X φexp (ω) = A 2 2πL ω exp jωL 1 -ln ω ω 0 -j π 4 (II.15)
The spectrum has a -3 dB/octave slope: the exponential swept-tone with constant amplitude stays longer in low frequencies than in high frequencies. The inverse filter for the deconvolution process in the frequency domain is directly the inverse of the spectrum:

X φexp,-1 (ω) = 2 A ω 2πL exp -jωL 1 -ln ω ω 0 + j π 4 (II.16)

Numerical deconvolution

We simulate a non-linear system with filter G 1 = 1. We consider a 1 s output signal, with 3 higher harmonics as multiples of the instantaneous phase of the linear trend:

y exp (t) = x φexp (t) + 0.4x 2φexp (t) + 0.2x 3φexp (t) + 0.1x 4φexp (t) (II.17)
This example is intentionally simplified with decreasing amplitudes for higher harmonics in order to avoid the linearization calculus of the sinusoidal powers. The parameters of the main trend x φexp (t) are the same as the previous example 

Linear impulse response extracting

The linear impulse response in the time domain (Fig. II.9 (left)) is extracted by windowing, with the same methodology as for linear swept-tone (see Sec. II.2.1.2). The delay between the linear impulse response (n = 0) and the n-th higher harmonic one is ∆t n = L ln(n + 1). The frequency response The frequency response function G 1 = 1, associated with the linear impulse response of the example, is well retrieved by the deconvolution method with an exponential swept-tone. The fade-in and fade-out applied to the input signal appear on the sides of the frequency band because we choose not to extend the input signal with fades in order to keep the signal duration as a fixed parameter (the final frequency has been extended to respect the phase synchronization of the chirp). The vocal tract resonances measurement method is completed in Sec. II.2.2.

II.2.2 Measurement principle and software

Keeping the same non-linear model of the measurement system as in previous Sec. II.2. 1.1 (see Fig. II.2), the deconvolution method for linear or exponential swept-tones leads to an estimate of the transfer function G 1 (ω).P (ω), with G 1 (ω) the excitation and recording part and P (ω) the filtering between the excitation source and the microphone. The measurement method [START_REF] Epps | A Novel Instrument to Measure Acoustic Resonances of the Vocal Tract during Phonation[END_REF]) consists of a calibration step while the mouth is closed and an effective measure with the mouth opened. The filtering effect of the excitation line and the recording system is assumed the same, whatever the environment condition of the measurement is (i.e., the acoustic load of the excitation). The deconvolution method is applied on both condition records so that the transfer function of the linear filtering only is recovered:

-closed mouth calibration: G 1 (ω).P closed (ω) -open mouth measure: G 1 (ω).P open (ω)
The frequency response function of interest is the ratio of both conditions. It is computed with a regularization of the spectrum inversion:

H lips (ω) = G 1 (ω).P open (ω) G 1 (ω).P closed (ω) = P open (ω) P closed * (ω) |P closed (ω)| 2 + ϵ(ω) (II.18)
with • * the complex conjugate and ϵ(ω) a regularization function to smooth side effects. It is chosen as equal to zero in the bandwidth of P closed (ω), i.e. between the initial f 0 and the final f 1 frequencies of the swept-tone, and as a weight

W E = fs/2 0 |G 1 (f ).P open (f )| 2 df
corresponding to the energy of the signal to be inverted everywhere else [START_REF] Rébillat | Identification of Cascade of Hammerstein Models for the Description of Nonlinearities in Vibrating Devices[END_REF]. A transition function is used between the frequency domains thus defined, from T (f a ) = 0 to T (f b ) = 1:

T (f ) = 1 2 1 + tanh 1 f a -f + 1 f b -f (II.19)
This transition function is then applied before the initial chirp frequency f 0 with 

f a 0 = f 0 and f b 0 = f 0 - 50 

II.3 From pressure to resonance: the measurement model

A measurement model establishes a relationship between a measured quantity and physics equations, in order to answer the question: what is measured and how do we estimate desired quantity from raw data? It enables to compute a numerical model to be compared with experimental data. In the case of vocal tract resonances measurement with an acoustic excitation at the lips, a measurement model has been proposed by Epps et al. (1997) (Eq. (II.20)) assuming that the source and the microphone are close to the lips and that the source provides an acoustic current essentially independent of the load.

H lips (ω) = Z || Z E = Z V T Z V T + Z E (II.20)
with Z || the parallel impedance at the lips, Z E the radiation impedance of the vocal tract and Z V T its input impedance seen from the lips. The formulation is based on considering that Z E is the radiation impedance of the vocal tract but also the radiation of the excitation source, and therefore the quantity measured during the calibration condition (closed mouth). In this section, based on work done during the internship that preceded this thesis, we clarify the measurement model and its associated assumptions based on experimental and numerical studies. The resonances of the response at the lips are also characterized and compared to those of the classical voice transfer function (relating glottal volume flow to pressure at the lips).

II.3.1 Acoustics theory and physics assumptions

II.3.1.1 Radiation coupling of waveguides

The measurement principle is based on the coupling between the vocal tract and the excitation source (here a capillary tube), which can be seen as two waveguides (see Fig. II.13). The vocal tract is said to be passive (no source) unlike the capillary tube. We assume that the microphone measures the pressure at the output of the capillary. The interaction of two waveguides can be written as a radiation impedance matrix in the frequency domain [START_REF] Chaigne | Acoustique Des Instruments de Musique[END_REF]:

P S P V T = Z closed Z m Z m Z R U S U V T (II.21)
with Z closed the impedance measured during the calibration (closed-mouth), Z m the mutual impedance and Z R the radiation impedance of the vocal tract. P S (P V T ) and U S (U V T ) are the pressure and the flow rate at the capillary output (at the lips of the vocal tract), respectively. The outgoing flows of the waveguides are counted positively.

The diagonal terms are also called auto-impedances because they describe each waveguide's radiation as if they do not interact with each other: the other tube is closed. However, the presence of a closed waveguide in the vicinity of the other modifies its radiation impedance: the bigger the object (closed waveguide) compared to the source waveguide output, the more deviation from the radiation impedance of the source waveguide without an object nearby. This is taken into account in Z closed which is different from the radiation of the capillary tube. The change in the vocal tract radiation impedance Z R due to the presence of the excitation tube is negligible because the capillary is small compared to a subject face.

We now develop the equations for each condition of the measurement method. During the calibration (closed-mouth condition), the vocal tract is closed (U closed V T = 0):

P closed S = Z closed U closed S (II.22) P closed V T = Z m U closed S (II.23)
During the open-mouth condition, waveguides interact and the pressure P V T is related to the input impedance of the vocal tract seen from the lips Z V T and the outflows:

P open S = Z closed U open S + Z m U open V T (II.24) P open V T = Z m U open S + Z R U open V T = -Z V T U open V T (II.25)
Using the last equation, we can write: 

U open V T = - Z m Z V T + Z R U open S (
P open S = Z closed - Z 2 m Z V T + Z R U open S (II.27) P open V T = Z m Z V T Z V T + Z R U open S (II.28)
Considering that the pressure measured by the microphone is P S (microphone at the same place as the excitation tube output), the frequency response function at the lips is written as:

H lips (ω) = P open S P closed S = U open S U closed S 1 - Z 2 m Z closed (Z V T + Z R ) (II.29)
This exact model would be difficult to use in practice because of the dependence on geometry of Z m and the flows, which can not be analytically expressed, computed, or measured easily.

II.3.1.2 Hypothesis 1: Uniform pressure at the lips

In order to simplify the model, we introduce a first hypothesis of the model from [START_REF] Epps | A Novel Instrument to Measure Acoustic Resonances of the Vocal Tract during Phonation[END_REF]: the acoustic source (excitation tube output) and the microphone (pressure measure) are close to the lips. More precisely, we assume that the excitation tube output plane and the vocal tract output plane (the surface defined by the lips) are the same so that the pressure is uniform: P S = P V T . Based on previous Eqs. (II.23) and (II.28), the frequency response function at the lips can now be written as:

H lips (ω) = P open V T P closed V T = U open S U closed S Z V T Z V T + Z R (II.30)
In practice, this assumption is realized by placing both the acoustic source and the microphone the closest as possible to the lips without obstructing the excitation tube output and the microphone input.

II.3.1.3 Hypothesis 2: Ideal flow source

The second hypothesis from [START_REF] Epps | A Novel Instrument to Measure Acoustic Resonances of the Vocal Tract during Phonation[END_REF] states that the acoustic current is independent of the load. In other words, the acoustic flow source is the same regardless of the environment nearby (closed or open mouth conditions):

U closed S = U open

S

. The frequency response function at the lips simplifies in the same form as the one initially proposed in Eq. (II.20), as follows:

H lips (ω) = P open V T P closed V T = Z V T Z V T + Z R (II.31)
In practice, the capillary tube guiding the acoustic source from the loudspeaker to the lips has a small inner section (S = 16 mm 2 ) so that its characteristic impedance (Z c = ρc/S) is high enough to ensure its outflow to be independent of the load. The measurement model is independent of the choice of the excitation signal. Note that the measured frequency response is not an impedance but only a pressure ratio (measurement) or an impedance ratio (model), with no physical dimension. Therefore it is inexact to talk about vocal tract impedance measurement at the lips and we will prefer the full denomination vocal tract resonances measurement with an excitation at the lips. Other methods using a three-microphones measurement [START_REF] Hanna | Frequencies, Bandwidths and Magnitudes of Vocal Tract and Surrounding Tissue Resonances, Measured through the Lips during Phonation[END_REF], or both pressure and velocity sensors [START_REF] Kob | A Method for Measurement of the Vocal Tract Impedance at the Mouth[END_REF], measure the impedance at the lips.

II.3.2 Experimental validation

This section aims to test by experimental methods the validity of the two assumptions underlying the measurement of the model presented in previous Sec. II.3.1. Both hypotheses are tested indirectly, i.e. by comparing measures and numerical measurement model and not by measuring physical parameters such as pressure and flow. The vocal tract is idealized as a cylindrical metal waveguide, closed at the glottis (by a 3D-printed outer cap so that the length is not modified) and open at the lips, of length L V T = 15 cm and of inner diameter d V T = 21 mm.

II.3.2.1 Hypothesis 1: Uniform pressure at the lips

In the case of direct impedance measures, the first assumption (Eq. (II.30)) can be rewritten as

Z open S Z closed S = Z V T Z V T + Z R . (II.32)
This can be practically achieved using the CTTM impedance sensor (Le Roux et al. The ratio of measured impedances presents some noise artifacts: around the first resonance at 500 Hz, around 2 kHz, 3 kHz, 4 kHz and higher. Those could be a consequence of loading the impedance sensor with a waveguide whose inner diameter (d tube = 6 mm) is smaller than the front cavity output (d 2 = 16 mm on Fig. II.14 (left)). Such a configuration causes non-linear phenomena in the front cavity that are not taken into account in the signal processing of the sensor, based on the coherence function (auto-and cross-spectrum). Besides, the piezoelectric buzzer of the sensor has a resonance around 5,5 kHz, out of the frequency interval considered here. Despite those limitations due to the sensor, the ratio of measured impedances is qualitatively similar to the numerical model, supporting indirectly the uniform pressure hypothesis.

II.3.2.2 Hypothesis 2: Ideal flow source

In order to validate the hypothesis of the ideal flow source, i.e. that the acoustic source is independent of the acoustic load and delivers the same flow for both closed (calibration) and open conditions, a measurement with excitation at the lips is performed with the methodology previously described (see Sec. II.1 for device description and setup, and Sec. II.2 for signal excitation, deconvolution method, and measurement principle). The excitation signal is an exponential swept-sine. The testbed is illustrated in Fig. II.16.

During the calibration recording, the idealized vocal tract (L V T = 15 cm metal cylindrical waveguide) is closed with a 1 mm thick rigid latex piece cut to the size of the cylindrical waveguide diameter. The measured frequency response at the lips of the waveguide H lips is compared Fig. II.17 to the numerical measurement model H num lips , right side of Eq. (II.31) (see Appendix A for line transmission model details).

The measured frequency response at the lips (H lips ) is qualitatively similar to the numerical measurement model (H num lips ), over the frequency range considered, indirectly supporting the ideal flow source hypothesis. There are some deviations at phase shifts (anti-resonance), due to excitation point position, which is discussed later in Sec. III.2.3.

Focusing on the characterization of resonances, modal analysis is performed on the estimated frequency response and on the computed model. The proximity between The resonance frequencies of the measured response at the lips correspond to the ones of the measurement model, with an underestimation smaller than 6 cents. The bandwidths of measured resonances are overestimated between 6 % and 10 % compared to the model ones. Those deviations could be due to the differences between the model considerations and the experimental testbed. The idealized vocal tract is closed at the glottis with a 3D-printed outer cap (so the length is not modified) which adds some damping compared to the model (uniform rigid-wall losses). The adequacy of measurement and model validates the hypothesis of the ideal source.

Together with the conclusion of Sec. II.3.2.1, it confirms the relevance of the measurement model. The robustness and the variability of the resonance measurements 

f R i (Hz) R 1 R 2 R 3 R 4 R 5 H num
deviation (%) -0.3 -0.3 -0.3 -0.3 -0.3 B R i (Hz) R 1 R 2 R 3 R 4 R 5 H num

II.3.3 Resonances characterization: relationship between lips measurement and voice transfer function

This section focuses on the characterization of the resonances of the frequency response at the lips to answer the question: what do the resonances measured at the lips correspond to? We adopt theoretical and numerical approaches to relate the resonances of the model measurement to those of the voice transfer function.

II.3.3.1 Vocal tract resonances

We describe the vocal tract acoustics between the glottis and the lips by means of the transmission matrix M = [m i,j ], in the frequency domain:

P g (ω) U g (ω) = m 11 m 12 m 21 m 22 P l (ω) U l (ω) = m 11 m 12 m 21 m 22 Z R (ω) 1 U l (ω), (II.33)
with pressure and flow at the glottis P g and U g , pressure and flow at the lips P l and U l , and impedance radiation at the lips Z R = P l /U l , illustrated by a scheme By reciprocity, with det(M) = m 11 m 22 -m 12 m 21 = 1, we have:

P l (ω) U l (ω) = m 22 -m 12 -m 21 m 11 P g (ω) U g (ω) (II.34)
The voice transfer function is classically defined as the pressure at the lips with respect to the flow at the glottis (definition with volume velocity can also be found in literature):

H voice = P l U g = Z R m 22 + m 21 Z R . (II.35)
It has resonances for m 21 Z R + m 22 = 0 and no anti-resonance, because Z R has no extremum. In other words, it can be modeled as an all-pole filter (El-Jaroudi et [START_REF] El-Jaroudi | Discrete All-Pole Modeling[END_REF]. The vocal tract impedance seen from the lips is deduced from Eq. (II.34) with the positive outflow convention for U l and assuming a closed glottis, i.e. an infinite glottal impedance Z subg = P g /(-U g ) → +∞, which leads to:

Z V T = P l -U l = -m 22 Z subg + m 12 -m 21 Z subg -m 11 = Z subg →+∞ m 22 m 21 . (II.36)
The closed glottis approximation could be avoided, using a model or measures of the subglottal impedance. In this thesis, we do not study the effect of glottal opening on the measurement of the resonance with excitation at the lips and we focus on closed glottis or phonation gesture, so the inertance of the glottis is assumed to be high enough [START_REF] Hanna | How the Acoustic Resonances of the Subglottal Tract Affect the Impedance Spectrum Measured through the Lips[END_REF] to consider an infinite approximation. The frequency response at the lips (Eq. (II.31)) can then be written with the same formalism: 

H lips = Z V T Z V T + Z R = m 22 m 22 + m 21 Z R . ( II 

II.3.3.2 Numerical validation

Based on numerical models, we illustrate the shape of the response at the lips and the proximity between resonances and zeros. Computed models (see Appendix A for implementation details) of the impedance seen from the lips (Z V T ), of the radiation impedance (Z R ), and of the measurement model at the lips (H lips ), for the idealized vocal tract as a 15 cm metal cylindrical waveguide, are depicted in Fig. II.19. The impedances are normalized by the characteristic impedance Z c .

In line with the measurement model (Eq. (II.31)), the resonances of the response at the lips (H lips ) correspond to crossings between the radiation impedance and the impedance seen from the lips, more precisely when Im(Z V T ) = -Im(Z R ). The condition Z V T = 0 (or its minima), relating to the resonances of the non-radiating vocal tract (P l = 0 and Z R = 0), and defined as negative to positive zero-crossing of its phase, appears as minima of the frequency response at the lips H lips . The condition Graphically, the maxima in the inverse of the impedance seen from the lips (Z num V T ) are increasingly distant from the resonances of the voice transfer function because it does not account for the radiation at the lips. On the contrary, the resonances of the response at the lips correspond to the resonances of the voice transfer function. However, they are biased because of the proximity with the zeros: bandwidths estimate based on -3 dB below maximum method would be inadequate. To verify that the resonances characteristics (frequency and bandwidth) are still consistent with the resonances of the voice transfer function, modal analysis based on Kennelly circles fitting is performed (see Appendix B for method details). Each resonance is modeled as a circle in the complex plane (the imaginary part with respect to the real part). One key element is to set the frequency range for each resonance on which the modal analysis is computed to fit the associated circle. For each resonance, the upper frequency bound is set to the phase minimum, between phase shifts of resonance (from 0 to -π) and anti-resonance (from -π to 0). The lower bound is set to a few dozen of hertz before the modulus maxima. Modal analysis is also performed on the voice transfer function with symmetric frequency bounds around each modulus maxima, so the frequency ranges considered for the circles fitting are not the same as those of the response at the lips. Results are given in Tab. II.3. Regarding the results from the vocal tract impedance seen from the lips, the resonance frequencies are overestimated by 4 % and the bandwidths underestimation increases with the frequency (ranging from -17 % to -85 %), compared to those of the voice transfer function. Those results are induced by the absence of radiation at the lips in the vocal tract impedance seen from the lips. The modal parameters (f R i and B R i ) estimated at the lips are almost identical those of the voice transfer function. Slight frequency overestimation and bandwidth underestimation appear at high frequencies. Those results confirm that the vocal tract resonances measured with excitation at the lips are the same as those of the voice transfer function, in line with theoretical development in previous Sec. II.3.3.1. The modal parameters of the radiating vocal tract resonances can thus be well estimated from the response at the lips with the suitable modal analysis, here the Kennelly circles fitting method, even if the resonances are skewed by the proximity of the zeros.

Z V T + Z R = 0,
f R i (Hz) R 1 R 2 R 3 R 4 R
B R i (Hz) R 1 R 2 R 3 R 4 R 5 H num

II.4 Conclusion

The experimental setup for the vocal tract resonances characterization, based on an excitation line and a microphone positioned at the lips, and the material choice have been described (see Tab. II.1 for equipment overview throughout this work).

Given the measurement constraints (high sound pressure level of singing voice and loudspeaker distortion), we have proposed the use of swept-sine as excitation signal. The linear and the exponential swept-sines enable to separate the linear impulse response from the higher harmonics by means of the deconvolution method. The measurement method is based on an effective measure in open-mouth condition corrected (as a ratio of regularized spectra) by a calibration record in closed-mouth condition. As a resume, the measurement principle with the deconvolution method is represented in Fig. II.11.

The measurement model, proposed by [START_REF] Epps | A Novel Instrument to Measure Acoustic Resonances of the Vocal Tract during Phonation[END_REF], has been formally derived from acoustics equations describing the interaction between the excitation source and the vocal tract. We have experimentally validated the measurement model (Eq. (II.31)) with two explicit hypotheses (uniform pressure at the lips and ideal flow source). The features of the frequency response at the lips have been studied to highlight the proximity between resonances and zeros. Finally, we have proved that the resonances of the response at the lips are the same as those of the usual voice transfer function. By means of a suitable modal analysis (Kennelly circles fitting), we have shown that the modal parameters (frequency and bandwidth) of the radiating vocal tract resonances are accurately estimated from the resonances of the response at the lips, even if the resonances are biased by the proximity of zeros nearby.

Chapter III

Measurement accuracy, microphone position and robustness to vowel configurations

In Chap. II, the device and the measurement principle have been described. The model measurement has been formalized and experimentally validated, allowing for reliable comparison between numerical modeling and experimental data. The resonances of the vocal tract frequency response at the lips have been characterized by means of modal analysis. Their modal parameters (frequency and bandwidth) have been shown to be comparable to those of the voice transfer function. Chap. III now focuses on the further development of the measurement method, compared to the basic method in the previous chapter. We first perform measurements in several conditions to quantify statistically the accuracy of the estimates of resonances and to explore the validity range of the model measurement hypotheses. Then, the possibility of uncoupling the positions of the microphone and the excitation source is studied and we propose optimal placements of both. The robustness of the measurement method is finally tested against several vocal tract configurations with vowel waveguide approximations. 

Contents

III.1 Measurement at the lips: accuracy and robustness

Based on the methodology of the measurement of the vocal tract acoustic response at the lips described in Chap. II, we perform repeatability tests of resonances characterization to quantify the accuracy of the method. Then the pair (source-microphone) is moved away from the lips plane to test the extent of the space over which the measurement model remains valid.

The excitation signal is an exponential swept-tone (initial frequency f initial = 80 Hz, final frequency f f inal = 5391 Hz, duration T chirp = 1 s, fade-in and fade-out duration T f ade = 50 ms). The vocal tract is idealized as a 15 cm metal cylinder waveguide closed at the glottis. The temperature during measurements is corrected to 20 °C for results computing by scaling the frequency axis (see Appendix A for details). The temperature uncertainty (0,1 °C) leads to an uncertainty of 0,3 cent on resonance frequency and 0,3 % on resonance bandwidth. We define two situations that will be used throughout this section for robustness tests : 

III.1.1 Measurement repeatability at the lips

We perform measurement at the lips, as described in Sec. II.3.2.2, in the anechoic room of the LMA, with equipment presented in Table II.1. The excitation source (capillary tube) and the microphone (DPA4060) are at the same location, close to the lips. They are mounted together on a flexible clamp so that their position can not be precisely determined (uncertainty of the order of 3 mm). Repeated measurements are done, repositioning (moving away and placing back close to the lips by eye-judging) the source-microphone pair between each recording, in two conditions:

-intra-measurement: first a single calibration (closed-mouth), then 20 repeated recordings in open-mouth condition with the source-microphone pair repositioned between each open-mouth measure.

-inter-measurement: 20 repeated full measurements as calibration-measure pairs. Each pair calibration/measure is performed without a change in the source and microphone location between the calibration and the effective measure. The source-microphone pair is repositioned between each measurement.

The position uncertainty is of the order of a few millimeters in each direction, which corresponds to the imprecision expected in an ecological measurement of a speaker or a singer. Modal parameter estimates are relatively well grouped together. Intra-measurement condition exhibits more isolated points. Further statistical analyses are performed for each condition hereafter.

III.1.1.1 Intra-measurement situation repeatability

We first focus on the intra-measurement condition (1 calibration and 20 measures). It represents the robustness of the measurement method to little shifts between the calibration recording (closed-mouth) and the effective measure (open-mouth). Statistics (mean and standard deviation) on estimates of modal parameters and discrepancy with the numerical model are shown in Table III.1. mean deviation (cent) -7.4 -6.9 -5.9 -6.7 -6.1 Measured resonance frequencies are underestimated by about 7 cents on average compared to the numerical model ones. Measured resonance bandwidths are overestimated by about 9 % on average. That could be due to the 3D-printed cap, closing the glottis of the waveguide, which brings more dissipation than the metal rigid walls considered in the model. The standard deviations of frequency estimate and bandwidth estimate both increase with the frequency (resonance number) and reach 2 Hz for the fifth resonance. Those results indicate good robustness of the measurement method to little shift displacement (of the order of 3 mm maximum) between the calibration step and the open-mouth condition measure.

f R i (Hz) R 1 R 2 R 3 R 4 R 5 H num
B R i (Hz) R 1 R 2 R 3 R 4 R 5 H num

III.1.1.2 Inter-measurement situation repeatability

We now focus on inter-measurement condition (20 pairs of calibration and measure). It represents the repeatability of the measurement. Modal parameters mean, standard deviation (std), and mean deviation from the numerical model, for each resonance, are shown in Table III.2. Measured resonance frequencies and bandwidths are underestimated by about 6 cents and overestimated by about 9 % on average, respectively, compared to the numerical model ones. That could again be due to the 3D-printed cap at the glottis bringing more dissipation than the modeled rigid walls. The standard deviations of frequency estimate and bandwidth estimate both increase with the frequency (resonance number) and reach 1,5 Hz and 2 Hz for the fifth resonance, respectively. Those results indicate a very good repeatability of the measurement method.

f R i (Hz) R 1 R 2 R 3 R 4 R 5 H num
B R i (Hz) R 1 R 2 R 3 R 4 R 5 H num
A reasonable maximum overall uncertainty on resonance frequencies and bandwidths estimate is set to ± 4 Hz, as the sum of intra-measurement and inter-measurement uncertainties.

III.1.2 Excitation and microphone shifts limits

This section aims to answer the questions: what is the shift limit of the sourcemicrophone pair to perform accurate measurements? The idealized vocal tract is fixed on a millimetric XY stage, to be precisely moved away from the source-microphone pair, which has a fixed position (see Fig. III.2). For each measurement robustness situation (intra-measurement and inter-measurement) defined at the beginning of Sec. III.1, the vocal tract is horizontally moved away so that the distance between the lips and the source-microphone pair varies from 1 mm to 20 mm. 

III.1.2.1 Intra-measurement limit robustness

We focus on intra-measurement limit robustness to shifts of the source-microphone pair. A calibration (closed-mouth) is recorded at the lips ( 1 The frequency response measured at the closest distance to the lips (1 mm from the lips) is qualitatively similar to the numerical model ones, as already discussed in Sec. II.3.2.2. As the pair source-microphone is moved away from the lips for open-mouth recording (black to yellow curves), the amplitude of the resonances and the zeros of the frequency response decreases. The resonances are less and less visible, both on modulus and phase plots. The mean amplitude of the frequency response modulus, which is expected to be around 1 (i.e., no signature of the vocal tract relative to the calibration done with a closed mouth), decreases monotonically with respect to the distance of the open-mouth measure from the lips. It is due to the different distance from the lips between the calibration (1 mm), which has a strong direct reflection on the closed lips (here a 1 mm thick latex piece on the waveguide output), and the effective measure whose interaction with the mouth opening decreases with the source distance from the lips. There is some phase shift due to the propagation delay difference between the calibration at the lips and effective measures at distance, visible between 4 kHz and 5 kHz.

Modal analysis, performed with the Kennelly circles method (see Appendix B for details), is applied to each frequency response for the first four resonances. Estimated modal parameters (frequency and bandwidth), and those from the numerical model for comparison, are depicted in The modal parameters of the first resonance obtained away from the lips are close to those obtained at a minimal distance (1 mm) only from a few Hertz (1,5 Hz for frequency and 0,2 Hz for bandwidth). However, the estimated modal parameters of higher resonances deviate more significantly, from those estimated at the lips, when the distance is higher than 5 mm: resonance frequencies are underestimated and bandwidths are overestimated. The higher the resonance frequency, the more modal parameters deviate with the distance. Those results indicate that the measurement is robust to shifts of the position of the pair source-microphone, between the calibration (closedmouth) and the effective measure (open-mouth), that are smaller than 5 mm from the lips for resonance up to R 4 , or 12 mm considering only R 1 and R 2 .

III.1.2.2 Inter-measurement distance from the lips limit

We now focus on the inter-measurement position shift limit of the source-microphone pair to perform an accurate measurement. This limit corresponds also to the distance range of validity of the uniform pressure hypothesis, presented in Sec. II. The frequency response measured at the lips (1 mm distance from the lips) is similar to the numerical model ones, as already discussed in Sec. II.3.2.2. As the sourcemicrophone pair is moved away from the lips (black to yellow curves), the amplitude of the resonances and the zeros of the frequency response decrease. The resonances are less and less visible, both on modulus and phase plots, because the interaction between the excitation source and the vocal tract decreases with the distance from the lips. The mean amplitude of the frequency response modulus remains close to 1 as the distance from the lips increases, in comparison to what was observed in Sec. III.1.2.1. During the calibration, the interaction surface is 1 mm closer to the source and microphone than during the open-mouth measure because of the 1 mm thick latex piece that closes the waveguide output. This difference leads the amplitude of the recorded signal to be a little higher for the calibration and induces a mean amplitude of the frequency response (frequencies over which there is no maxima or minima, relatively flat) lower than 1. As the source and microphone are distant from the lips, the 1 mm vocal tract length difference becomes negligible, and the proximity effect disappears. This is detailed in the next Sec. III.2.1.2.

Once again, modal analysis, performed with the Kennelly circles method (see Appendix B for details), is applied to each frequency response for the first four resonances. Estimated modal parameters (frequency and bandwidth), and numerical The modal parameters of the first resonance obtained away from the lips are close to those obtained at a minimal distance [START_REF]LMA is glad to make some suggestions: "gazouillette", "sinus balayette", "sinus glissette", "sinusette", and our favorite "ondouillette[END_REF]5 Hz for frequency and 0,25 Hz for bandwidth). The resonance frequency estimate increases and approaches the numerical model one; the bandwidth is quite stable. However, the estimated modal parameters of higher resonances deviate from those estimated at the lips when the source/microphone distance is greater than 5 mm from the lips: resonance frequencies are globally underestimated and bandwidths are clearly overestimated. Those results indicate that the measurement performs with similar results if the source-microphone pair is positioned within 5 mm from the lips. This range is also an indication of the distance within the uniform pressure hypothesis, formulated in Sec. II.31, which can be considered valid.

Those results must be considered within the experimental methodology. Closing the cylinder with a 1 mm latex piece for calibration reduces by the same amount the distance between the lips position (waveguide output) and the pair source-microphone, compared to the open-mouth measure. However, in-vivo measurements also lead to such uncertainty: the surface defined by the lips opening that interacts with the excitation source is not well defined, compared to the closed-mouth condition.

III.2 Beyond the lips: reconsidering the locations of microphone and excitation

The basic device, described in Chap. II, and all results presented in the first section Sec. III.1 of this chapter are based on a microphone and an excitation point source placed jointly close to the lips. The microphone specifications (see Sec. II.1.2) meet constraints on its dynamical range and its maximum sound pressure level, because of the possible high SPL at the lips in singing (≥ 145 dB at a distance of a few millimeters), which limit the microphone choice. With the intent of proposing a measurement method to be performed without laboratory equipment and to make it more comfortable for subjects, we study the possibility of removing the microphone from the lips. This idea was born from a discussion with Patrick Hoyer, which already used a second distant microphone in his experimental setups [START_REF] Hoyer | Adjustment of the Vocal Tract Shape via Biofeedback: A Case Study[END_REF]. This section is based on the work corresponding to Baptiste Allain's co-supervised internship (June/July 2021, 2-year student at École Centrale Méditerrannée). First, the radiation of the excitation source and the vocal tract excited at the lips is studied moving the microphone away from the lips. Then we analyze the consequences of a distant microphone on the measured frequency response and on the modal parameters estimates.

III.2.1 Radiation study at the lips

As the measurement model (Eq. II.31) has been established for an excitation source and a microphone both at the lips, we need to study the radiation effect from this point. In the closed-mouth condition, the excitation source radiates in all directions and is reflected by the closed face of the waveguide. In the open-mouth condition, the excitation radiates in all directions, some energy interacts with the waveguide that also radiates from its outlet (lips aperture).

We consider some orders of magnitude of the problem. The maximum radius mouth aperture is around 25 mm [START_REF] Placko | L'ouverture buccale normale dans la population française adulte[END_REF]. For the considered frequency range in this work (100 Hz -5 kHz), we compute the Fraunhofer limit, which is one indicator for the transition from near-field to far-field radiation:

10 -5 m ≤ a 2 λ ≤ 10 -3 m (III.1)
with a the maximum radius mouth aperture and λ the wavelength. We can then assume that the vocal tract radiation acts as a point source at a few millimeters from the lips for the frequency range considered.

III.2.1.1 Radiation study testbed and analysis method

We adapt the previous testbed to study the radiation effect from the lips. A microphone (GRAS 40PR/PL) is horizontally moved away from the lips (waveguide inlet) to 38 cm while the excitation source stays at the lips, as illustrated on The study of specific frequency bands is not considered here because the microphone is always aligned with the output of the waveguide, which limits the effect of the frequency-dependent radiation pattern. 

III.2.1.2 Radiation results

The RMS value, normalized to the one at the lips (d 0 = 0,4 cm), for each condition (open or closed mouth) is compared The sound pressure level decreases as the inverse of the microphone distance from the lips as soon as the distance is above 2 cm, indicating that the source is similar to a monopolar model over the considered frequency range. The pressure decrease is identical for each recording condition (closed-mouth and open-mouth), indicating that both conditions can be considered as identical from a radiation point of view. As a consequence, the measurement model for an excitation source and a microphone at the lips (see Eq. (II.31)) is the same for a distant microphone. It can be written for any pressure measures, at the same distance d for each condition, as:

H lips (ω) = P open V T P closed V T = P open (d) P closed (d) (III.2)
with P V T the pressure at the lips (vocal tract inlet) and P the pressure at any point in space, the excitation source staying at the lips.

The RMS value difference for each condition with respect to the distance from the lips is depicted in Fig. III.9. The RMS value difference between each condition decreases with the distance from the lips. During the calibration recording, the idealized vocal tract is closed by a 1 mm thick piece of latex. This induces a smaller distance between the vocal tract output (open or closed) and both the source and the microphone. Consequently, the microphone records a higher signal amplitude during the calibration than during the open-mouth condition, which explains the positive difference in the RMS value. When the microphone is successively further away from the lips, the 1 mm thick difference becomes negligible and the RMS value of both conditions becomes similar. This result states that a distant microphone would perform better as it is less sensitive to the face shape changes between a closed mouth or an open mouth, or in other words, to the definition of the inside and outside of the vocal tract. However, increasing the distance also makes the amplitude of the signal smaller degrading the SNR and thus the performance of the setup. The effect of a distant microphone on the measured frequency response and estimates of the modal parameters, which are the main measurement objective, is studied in the next section.

III.2.2 Measurement with a distant microphone

The study of the radiation of the vocal tract and the excitation source from the lips leads to an unchanged measurement model for distant microphones. To confirm this result and to find an optimum microphone position, we hereafter compare frequency responses and estimates of the modal parameters for several microphone distances from the lips.

III.2.2.1 Microphones position scan and analysis method

An horizontally scanned microphone stand is used to perform simultaneous measurements at different distances in the exact same conditions. Four microphones (M1, M2, M3, M4) are fixed on the stand at distances d = 0.4, 10, 20, 30 cm, respectively, as illustrated on 

III.2.2.2 Results on frequency response at the lips with distant microphones

An example of frequency responses measured with the four microphones ( More noise appears from distant microphones. The Signal-to-Noise Ratio decreases for the furthest microphones because the signal amplitude decrease with the distance from the source (excitation source and vocal tract). The frequency response measured at the lips (H M 1 ) has a lower mean amplitude than the others, due to the 1 mm thick latex piece used for the closed-mouth calibration condition, as discussed in Sec. III.2.1.2. The distance from the waveguide to the microphone is there not negligible compared to the additional 1 mm effective shift in calibration condition for a close microphone.

H M 1 , H M 2 , H M 3 , H M 4 ) is
The mean and standard deviation of the modal parameters estimates (for 20 measurements) are shown in Fig. III.12.

As expected, according to the SNR decrease with the distance, the standard deviation of modal parameters increases with the microphone distance from the lips. The relative difference of modal parameters between the measurement at the lips (M1) and distant microphones (M2, M3, M4) is shown in Table III.3.

Table III.3 -Modal parameters estimates from the measurement at the lips (M1), and relative differences from those estimated from distant microphones (M2, M3, M4) at distance d = 0.4, 10, 20 and 30 cm from the lips, respectively. Values are averaged over 20 repeated measurements, for a 15 cm cylindrical metal waveguide as an idealized vocal tract. 

microphone M i R 1 R 2 R 3 R 4 R 5 H lips (M1) mean f R i (
f R i (cent) 0.3 0.7 0.2 -0.5 1.3 B R i (%) -1.0 -2.0 0.3 3.3 -2.4 rel. diff. H M 3 f R i (cent) 0.6 0.9 0.7 2.5 0.3 B R i (%) 1.1 0.1 -1.5 1.0 1.2 rel. diff. H M 4 f R i (cent)
-0.9 -0.7 -1.5 0.9 1.3 The relative difference of the modal parameters from those measured at the lips (M1) increases slightly with the distance, without any overestimation or underestimation tendency.

B R i (%) 0.3 -3.2 7 
To sum up, with respect to the microphone distance from the lips and the excitation source:

-the measurement model is valid, at least up to the maximum distance of 30 cm studied here.

-the measured frequency response is similar to the measurement model and the measurement at the lips.

-the greater the distance, the smaller the SNR and the noisier the measured frequency response.

-the estimated resonance frequency is however more robust to changes in face geometry between the closed-mouth calibration and the open-mouth measure.

-the modal parameters are still accurately estimated, but with a larger standard deviation (i.e., increased uncertainties).

A good compromise as an optimal position of the microphone is thus estimated between 5 cm and 10 cm, depending on the measurement environment (anechoic or reverberant room).

III.2.3 Excitation position

The microphone position has been discussed in previous Sec. III.2 and it is now uncoupled from the excitation source position. Therefore, by fixing the microphone position, the effect of the excitation source position on the measurement is now studied. The protocol is quite similar to the robustness tests to shifts performed in Sec. III.1, but only the excitation source is moved here. The idealized vocal tract and the microphone are attached to a millimetric XY stage, so they can be moved together with respect to the excitation source position, as illustrated in Fig. III.13. The microphone remains at a fixed distance of 5 cm from the waveguide inlet (lips). The frequency response measured at the lips (with an excitation source at 1 mm from the lips) is qualitatively similar to the numerical model ones with a distant microphone, as already discussed in Sec. III.2.1.2. As the excitation source is moved away from the lips (black to yellow curves) for open-mouth condition, the amplitude of the resonances and the zeros of the frequency response decreases. The resonances are less and less visible, both on modulus and phase plots. The frequency of the zeros approaches that of one of the resonances. This could be due to the interaction of the excitation source within the acoustic length of the vocal tract (i.e. in the range of its length correction due to radiation). The mean amplitude of the frequency response modulus, which is expected to be around 1 because of the ratio of the open-mouth recording by the calibration, increases with respect to the distance of the open-mouth measure from the lips. This effect is a consequence of the excitation source being closer to the microphone during the open-mouth measures than for the calibration. There is some phase shift due to the propagation delay difference between the calibration at the lips and effective measures with a distant excitation source. The conclusion is largely similar to the previous robustness study: to perform an accurate measurement, the maximum acceptable position shift of the excitation source between the calibration and the open-mouth recording is around 5 mm.

III.2.3.2 Inter-measurement with excitation source shifts

The inter-measurement situation represents the robustness of the measurement to bad placement of the excitation source at the lips. The frequency responses measured in the inter-measurement situation are depicted in As the excitation source is moved away from the lips (black to yellow curves), the amplitude of both the resonances and the zeros of the frequency response decreases. The resonances are less and less visible, both on modulus and phase plots, because the acoustical interaction between the excitation source and the vocal tract decreases with the distance from the lips. The frequency of zeros is getting closer to one of the resonances, as in the intra-measurement situation. The mean amplitude of the frequency response modulus is always around 1 because both calibration and effective measure are performed with the same distances set between the waveguide, the excitation source, and the microphone. The latter being at 5 cm from the waveguide, the proximity effect due to the 1 mm thick latex piece for the closed-mouth condition is negligible, as discussed in Sec. III.2. We can consider a 5 mm range from the lips for the position of the excitation source in order to perform accurate measurements. An optimal excitation source position would be around 1 mm or 2 mm from the lips so that the measured frequency response is the closest to the numerical modal one.

III.3 Application to vowel replicas

So far, the measurement method has been tested on an idealized vocal tract: a 15 cm metal cylinder waveguide, open at the lips and closed at the glottis. However, difficulties have been described for the measurement of closed vowels: the lack of excitation source amplitude to detect a low-frequency resonance [START_REF] Kob | A Method for Measurement of the Vocal Tract Impedance at the Mouth[END_REF], and the constriction impeding the acoustical waves going through the vocal tract from the lips [START_REF] Delvaux | Sinesweep-Based Method to Measure the Vocal Tract Resonances[END_REF]. In this section, the measurement method is tested against several vocal tract configurations, represented by five simplified replicas of vowels. First, the vowel replicas and their geometries are described. Then we compare numerical models and measurements at the lips and at the glottis for each replica. Finally, we focus on the issue of closed vowel measurement. A possible upgrade of the method and device is proposed.

III.3.1 Arai replicas geometry

The simpler the geometry, the more reliable are the numerical models. We need to compare results between measurements and numerical models to test and validate the method. Acoustical effects of a realistic vocal tract geometry, for example, a replica from MRI images, are not studied in this work. Thus, we choose to study simplified waveguide models of vowels, adapted from the pedagogical replicas VTM-N20 proposed by [START_REF] Arai | Education System in Acoustics of Speech Production Using Physical Models of the Human Vocal Tract[END_REF]. Five vocal tract configurations are studied: [a] (in "far"), [e] (in "say"), [i] (in "piece"), [o] (in "toe"), [u] (in "blue"). The replicas of length 16 cm and with 16 piece-wise linear sections have been 3D printed (ABS material), with the help of Patrick Sanchez for the .stl files and Vincent Long for the printing. A photo and the specified inner geometry of each replica are shown in Fig. III.16. The lip end finishes with a circular flange of outer radius 2,5 cm for all replicas; this is not represented in the geometry data. The use of such simplified vowel replicas (straight, circular cross-sections) is justified for our study because the bending and the cross-sections of the vocal tract have only a weak influence on the acoustic response as mainly plane waves propagate for frequencies lower than 5 kHz [START_REF] Arnela | Influence of Vocal Tract Geometry Simplifications on the Numerical Simulation of Vowel Sounds[END_REF].

The 3D printing method comes with a geometry uncertainty due to the thread deposit. The printer is said to be accurate to one-tenth of a millimeter in the XY plane, and to 0,25 mm in height corresponding to the diameter of the wire. The inner geometry of vowel replicas is verified by means of microtomography imaging (a facility available at LMA) with the help of Laurent Sabatier. A threshold is applied to volumetric images to detect their outline, and their geometry is reconstructed. Estimated inner diameters are compared to the desired geometry (from .stl files) in Fig. III.17.

The estimated inner diameters from microtomography images are almost identical to those specified in the .stl files for all replicas. The estimated inner diameter is smaller of the order of 0,4 mm on average, on all vowels and all abscissa, than the specified one. This difference is in the order of magnitude of the thread deposit uncertainty. Such diameter uncertainty is negligible in the acoustical propagation model of those replicas, therefore we use the theoretical diameter of replicas to compute the numerical models. 

III.3.2 Comparative study of resonances characterization

For each replica, we perform a measurement at the lips H lips with a microphone at 5 cm from the excitation source, which is positioned at the lips (1 mm from the lips). A 3D-printed cap closes the replicas at the glottis. A 1 mm thick latex piece cut at the diameter of the output of the replica is used for the closed-mouth calibration. Their input impedance at the glottis Z supg is also measured by means of the CTTM impedance sensor (presented in Sec. II.3.2.1). For comparison, numerical models of the measurement at the lips H num lips and the input impedance at the glottis Z num supg are computed (see Appendix A for details). The piecewise linear sections are approximated by 1 mm concatenated cylinders. The conic effect and the flange at the lips of the replicas are not taken into account in the radiation impedance. Modal analysis (see Appendix B for details) is performed on each frequency response to extract the frequency and the bandwidth of the first five resonances of the replicas. Results for each vowel are presented below.

III.3.2.1 Replica of vowel [a]

The measured frequency response at the lips, the measured input impedance at the glottis, and their respective numerical models, for the vowel [a] replica, are depicted in Fig. III.18. The estimated modal parameters for each curve are shown in Table III The measured frequency response at the lips H lips is qualitatively similar to the measurement model at the lips H num lips . His resonance frequencies are lower than those of the model, and his resonance bandwidths are larger than those of the model, particularly for higher resonances. A similar trend is found for the differences between the measured impedance at the glottis Z supg and the numerical model Z num supg , even if the modal parameters estimates are closer. However, the measured impedance has a lower amplitude than the model one. The radiation model, not taking into account the lips flange of the replica, may explain the difference between the resonance frequencies estimated from the measures and those from the numerical models. The bandwidth difference is explained by the visco-thermal losses for rigid walls in the model whereas the replica, 3D printed, has clearly more damping as it is relatively porous and smooth on a scale of 0,1 mm. The bandwidth difference between the measurement and the model at the lips is greater than that between the measurement and the model at the glottis. This could be due to the 3D-printed cap that closes the replica at the glottis for the measurement at the lips. In other words, the glottis damping is not taken into account either in the input impedance measurement or in the numerical model.

III.3.2.2 Replica of vowel [e]

The measured frequency response at the lips, the measured input impedance at the glottis, and their respective numerical models for the vowel [e] replica are depicted in Fig. III.19. The estimated modal parameters for each curve are shown in Table III.5.

The measured frequency response at the lips H lips and the measured impedance at the glottis Z supg are qualitatively similar to their respective numerical models. Both measurements have lower resonance frequencies than the models. The shift increases with increasing frequency, indicating that it is probably due to the error made in the radiation model (not taking into account the replica flange at the lips). The bandwidth difference between measures and models is also explained by surface roughness and the visco-thermal effects, as already discussed for the vowel [a] replica. The first resonance is quite low in frequency but clearly visible, compared to a closed vowel as [i] presented hereafter. 

III.3.2.3 Replica of vowel [i]

The measured frequency response at the lips, the measured input impedance at the glottis, and their respective numerical models for the vowel [i] replica are depicted in Fig. III.20. The estimated modal parameters for each curve are shown in Table III.6.

The measured frequency response at the lips H lips and the measured impedance at the glottis Z supg are qualitatively similar to their respective numerical models, with the same resonance frequencies shift and bandwidth damping differences than previous vowel replicas. The two first resonances of the measured frequency response at the lips H lips have very small amplitude and could be difficult to detect with a lower SNR. However, the measure and the model are in agreement on those resonances. It indicates that the closed vowel [i] does not present an experimental difficulty to perform a measurement at the lips, but presents an intrinsic characteristic that reduces the visibility of its two first resonances. This is further studied in Sec. III.3.3. 

III.3.2.4 Replica of vowel [o]

The measured frequency response at the lips, the measured input impedance at the glottis, and their respective numerical models for the vowel [o] The measured frequency response at the lips H lips and the measured impedance at the glottis Z supg are qualitatively similar to their respective numerical models. The resonance frequencies shift at high frequency is larger than for other vowels, because the vowel [o] replica has the smallest section output and the error made by the flange radiation is more important. The bandwidth damping differences are identical to previous vowel replicas.

III.3.2.5 Replica of vowel [u]

The measured frequency response at the lips, the measured input impedance at the glottis, and their respective numerical models for the vowel [u] The measured frequency response at the lips H lips and the measured impedance at the glottis Z supg are qualitatively similar to those of their respective numerical models, with the same resonance frequency shifts and bandwidth damping differences than previous vowel replicas. The third resonance of the measured frequency response at the lips has a very small amplitude and could be difficult to detect with a lower SNR, even if it is at a high frequency (∼ 2,7 kHz). The model and the measurement are in agreement on this resonance so this is the same phenomenon as that already stated for the vowel [i] replica. This is further studied in next Sec. III.3.3.

III.3.3 Visibility issue of the closed vowels resonances

In this section, we focus on the visibility issue that was described for the first two resonances of the vowel The resonance visibility issue may appear at low frequencies more frequently because of the smaller values of the radiation impedance. However, the radiation impedance and the vocal tract impedance seen from the lips can also match for a higher frequency, as stated for the third resonance of the vowel [u]. In order to improve the resonance visibility at low frequency, it is possible to make some changes in the excitation and the microphone positions, or even to add acoustical foam at the lips [START_REF] Thilakan | Vocal Tract Resonance Detection at Low Frequencies: Improving Physical and Transducer Configurations[END_REF]. However, in the last case, the radiation impedance of the vocal tract is modified and the resonator to be measured is not the same anymore, in addition to reducing the comfort of the subjects during in-vivo measurements.

III.3.3.2 Towards intra-oral measurements

A measurement at the lips corresponds to estimate the radiating vocal tract resonances on a node of acoustical pressure, modulo the radiation at the lips. If there were no radiation, nothing could be measured. The measurement position at the lips is therefore where the vocal tract's acoustics behavior is the least visible. To complete this point of view, a numerical model of what would be a pressure measurement inside the vowel [i] replica with an excitation source at the lips is illustrated in Fig. III.24 (top). It can be interpreted as the pressure field inside the replica with respect to the frequency, with an acoustic source at the lips. Examples, and corresponding frequency responses, at several positions of the microphone inside the vocal tract, are depicted in Fig. III.24 (bottom).

Resonances, with high amplitude, are independent of the observation point and appear as straight horizontal lines with respect to the position inside the vocal tract on Fig. III.24 (top). Anti-resonances move with respect to the position, as zeros of observation, due to destructive interference. Focusing on each resonance (horizontal lines at the resonance frequencies), the acoustic field pressure corresponds to the modes of the replica. The first one (f R 1 ≃ 270 Hz) is a quarter-length wave with a pressure maximum at the glottis (maximum depth from the lips) and a pressure node near the lips. The second mode (f R 2 ≃ 2100 Hz) has two extrema and two nodes. The third mode (f R 3 ≃ 3200 Hz) has three maxima and three nodes, and so on.

A vertical slice on Fig. III.24 (top) is the frequency response that could be measured with a microphone at the corresponding position and an excitation source at the lips, illustrated in Fig. III.24 (bottom). The vertical slice at the left is the voice transfer function H num voice : by reciprocity, the pressure at the glottis over the flow at the lips is equivalent to the pressure at the lips over the flow at the glottis. The vertical slice at the lips (right) is similar to a frequency response measured at the lips H num lips .Z R , modulo the radiation impedance because there is no calibration correction here. Those results indicate that the resonance visibility issue for closed vowels when measurement at the lips is performed can be resolved by using microphones inside the vocal tract. Such a method will thus be more invasive while offering better robustness to characterize the vocal tract resonances in any articulatory configurations. Miniaturized MEMS (Micro-Electro-Mechanical Systems) microphones fixed on a dental splint could minimize the discomfort of such invasive measurements. The numerical results presented in this section have also been experimentally validated with a probe microphone which is moved inside the vowel [i] replica and an excitation source at the lips. As this thesis work focuses on a strictly non-invasive characterization method, further developments are not considered here.

III.4 Conclusion

The overall accuracy of the measurement method at the lips has been experimentally tested for a microphone and an excitation source both positioned close to the lips. Two situations have been defined: intra-measurement (statistics between a closedmouth calibration and several open-mouth effective measures), and inter-measurement (statistics on repeated pairs of calibration/measure). The frequency and the bandwidth of the resonances are accurately estimated, using the Kennelly circle fitting method, within 4 Hz (overall standard deviation) on an idealized vocal tract (15 cm metal cylinder waveguide). The measurement is robust to shifts of the source/microphone that do not exceed 5 mm both in intra-measurement and inter-measurement situations.

With the intent of relaxing technological constraints on the microphone choice due to possible high sound pressure level of the voice at the lips, and optimizinz the comfort of subjects with the minimum instrumentation near their face, we have studied the possibility of moving the microphone away from the lips. The radiation profile of the excitation source and the idealized vocal tract are similar to that of a far-field monopolar model, the measured root mean square of the signal being proportional to the inverse of the distance. Moreover, the radiation behavior is similar in the calibration condition (closed-mouth) and the effective measure condition (open-mouth), so the measurement model used at the lips is also valid for a distant microphone measurement. A microphone positioned between 5 cm and 10 cm from the lips (and the excitation source) optimizes the compromise between a good signal-to-noise ratio and a negligible proximity effect, that is due to changes in the facial geometry from the calibration to the open-mouth condition (here waveguide length while closed with a 1 mm latex piece). The measurement with a distant microphone (5 cm from the lips) is robust to excitation source position shifts smaller than 5 mm in intra-measurement. The excitation source is optimally positioned between 1 mm and 2 mm from the inlet of the idealized vocal tract.

The measurement at the lips with a distant microphone has been used to characterize the resonances of simplified waveguide models of vowels (

[a], [e], [i], [o], [u]).
The estimated modal parameters are in agreement with those estimated from input impedance measurements and numerical models, modulo the modeling of radiation impedance and damping which differs from reality. Those results indicate that the measurement at the lips allows for accurate resonances characterization whatever the vowel. However, the closed vowels [i] and [u] present a visibility issue for some of their resonances (very small amplitude on the frequency response at the lips), both on the measurements at the lips and the numerical models. Such an issue is explained by impedance matching between the low-valued radiation impedance and the vocal tract impedance seen from the lips. The measurement method at the lips appears to correspond to a measure at a pressure node at the lips. A more robust characterization of the resonances could be performed by introducing microphones inside the vocal tract for any vowel configuration.

Chapter IV

Measurement during phonation: source separation method

Previous chapters demonstrate the efficiency of the method of excitation at the lips to accurately characterize the acoustics of vocal tract replicas, with both resonance frequencies and quality factors estimates. In human study conditions, making a measurement during phonation gesture implies that the microphone records both the characterization signal and voice. Thus measures are complicated by voice harmonics, making modal analysis difficult. Accurate analyses require to tackle the challenging problem of source separation between voice and the characterization signal. In this chapter, solutions proposed in the literature are reviewed after the issue statement, and time-frequency analysis is introduced. Then, one of the main results of this thesis is presented: the development of a method to separate crossing ridges in the timefrequency plane, based on chirplet transforms. It is detailed from a signal processing point of view in Sec. IV.2, which is based on a draft of an article to be submitted. Finally, the method is applied to the context of vocal tract characterization and extended to separation of a linear chirp and a synthesized voice. Resonance measurements of vocal tract replicas with excitation at the lips are successfully achieved by analyzing recorded characterization signal (swept-sine) with modal analysis method. The measurement device uses a microphone to record the pressure signal produced by the excitation system and filtered by the vocal tract. Its use for human study during the vocal gesture implies that the microphone records both voice and the characterization signal. Thus, the frequency response of the vocal tract is complicated by voice harmonics, which appear as peaks in the modulus associated with complex features in phase at frequencies multiple of fundamental frequency (see Fig. IV.1). The amplitude of those peaks is related to the sound level of the voice and the time span of the window used in the deconvolution process of swept-tone to recover linear impulse response (see Fig. II.11). A shorter window length would decrease the amplitude of peaks. In practice, the window length is determined according to the impulse response length, which depends on the damping of resonances. It cannot be used as a way to remove the effect of the voice harmonics on the vocal tract frequency response. The presence of voice harmonics on the vocal tract frequency response at the lips may be of no consequence, depending on which analysis has to be done. Because resonances are still visible, it is possible to estimate resonance frequencies when the amplitude is maximum just before a minimum (see Fig. IV.2, Joliveau et al. 2004). However, modal analysis is impossible. Relationship between voice harmonics and resonances, for example, resonance tuning, can be manually detected without sources separation with sufficient relative accuracy [START_REF] Henrich | Vocal Tract Resonances in Singing: Strategies Used by Sopranos, Altos, Tenors, and Baritones[END_REF]. It requires an adjustment of spectrum energies between voice and the characterization signal so that both tract response and voice harmonics are visible [START_REF] Delvaux | Sinesweep-Based Method to Measure the Vocal Tract Resonances[END_REF]: sound pressure level of the excitation source at the lips must then be comparable to voice level. As a consequence, singers are asked to sing softly when the excitation system is prone to source distortions producing high-frequency noise [START_REF] Joliveau | Vocal Tract Resonances in Singing: The Soprano Voice[END_REF]). Swept-sine excitation has been used to overcome the bias introduced by source distortions at high sound pressure level [START_REF] Kob | Application of Impedance Measurements for the Diagnosis of Articulatory Dysfunction[END_REF]). Vibrato, i.e. a periodic variation of the fundamental frequency, is generally also avoided in order to perform measurements in almost stationary conditions both for the vocal tract geometry and the voice source, assuming vocal folds movements induce a negligible change of the geometry. Those protocol constraints may be inconvenient for subjects and for the relevance of studies in that they promote a non-ecological vocal gesture. 

Contents

IV.1.1.2 Literature propositions in measurement context

Few source separation methods have been proposed in the specific context of vocal tract resonances measurement with a broadband excitation signal at the lips. The measurement method using an excitation made of a sum of close-spaced harmonics with random phase has been initially proposed with suppression of voice harmonics under 1 kHz [START_REF] Epps | A Novel Instrument to Measure Acoustic Resonances of the Vocal Tract during Phonation[END_REF]. It is based on pitch detection with a low-pass filter or band-pass filter adapted for each speaker's mean pitch, and fundamental frequency calculation with filtered signal rising zero-crossings time analysis. Speech harmonics, as fundamental multiples, are removed by notching associated spectral points (±20 Hz) with linear interpolation. If this technique enables resonance frequency estimates, it obviously cuts resonance amplitude in the case of resonance tuning (i.e., when a resonance frequency matches a voice harmonic frequency). With a similar approach, more recent works smooth response curve with a filter before voice harmonics removal and interpolation [START_REF] Jeanneteau | Using Visual Feedback to Tune the Second Vocal Tract Resonance for Singing in the High Soprano Range[END_REF]) (see Fig. IV.3), and some also add a final smoothing on the interpolated curve [START_REF] Thilakan | Acuz-Lite: Ultra-Portable Real-time Estimation of Vocal Tract Resonance[END_REF][START_REF] Young | Evaluation of Noise Excitation as a Method for Detection of Hypernasality[END_REF]. Other studies post-process the vocal tract frequency response at the lips with a Savitzky-Golay FIR smoothing filter to remove voice artifacts for visual purpose [START_REF] Balamurali | Analyzing Intra-Speaker and Inter-Speaker Vocal Tract Impedance Characteristics in a Low-Dimensional Feature Space Using t-SNE[END_REF] or extrema (resonances and anti-resonances) detection [START_REF] Hanna | Frequencies, Bandwidths and Magnitudes of Vocal Tract and Surrounding Tissue Resonances, Measured through the Lips during Phonation[END_REF]) (even if, in the latter, the measurement method is different and provides vocal tract impedance at the mouth). Measurement methods with a swept-sine excitation signal report the use of very short time window length (15 -30 ms) for linear impulse extraction, in normal speech sound pressure level condition [START_REF] Kob | Application of Impedance Measurements for the Diagnosis of Articulatory Dysfunction[END_REF]). As explained in Sec. IV.1.1.1, the main risk is to cut the tail of the impulse response and degrades the resonances amplitude and quality factor estimates. However, for resonance frequencies estimate only, the deviation can be considered negligible.

The reviewed methods are essentially focused on the denoising of the vocal tract response function (i.e., voice harmonics removal) by filtering, interpolation, and smoothing. They aim to make resonance frequency estimate easier, therefore resonance amplitude deformation is not an issue for associated studies. An efficient source separation process should overcome those limitations and enable precise estimates of both frequency and bandwidth of resonances with modal analysis, whatever the ratio between voice and excitation levels, and without any hypothesis on fundamental frequency stationarity (vibrato).

IV.1.1.3 Position with regard to audio source separation literature

Audio source separation is a wide research domain aiming at identifying and recovering several unknown signals (called sources) from knowledge of some mixtures of the sources (called observations) [START_REF] Vincent | Audio Source Separation and Speech Enhancement, Audio Source Separation and Speech Enhancement[END_REF]. According to the literature review from [START_REF] Jutten | Source Separation: From Dusk Till Dawn[END_REF], the separation task is very challenging in a blind situation, without any knowledge of sources: it relies on general assumptions on mixing process, the number of sources or sources sparsity in time or frequency. The results are dependent on the mixtures considered and unusable in applications that require accurate separation. Informed source separation takes advantage of available sources characteristics to enhance results [START_REF] Liutkus | An Overview of Informed Audio Source Separation[END_REF]. Model-based separation uses a priori source signal knowledge to guide separation, for example, modeling voice as a sum of sinusoids [START_REF] Ryynanen | Accompaniment Separation and Karaoke Application Based on Automatic Melody Transcription[END_REF]). Signal-based information is side data related to sources such as, e.g., score sheets in a musical context which have to be linked to acoustic events in mixture [START_REF] Ewert | Score-Informed Source Separation for Musical Audio Recordings: An Overview[END_REF]. The more information available, the easier and more efficient the separation process will be. Deep neural network approaches could also be considered as they currently offer the best results [START_REF] Huang | Singing-Voice Separation from Monaural Recordings Using Deep Recurrent Neural Networks[END_REF]. However, no database exists for specific chirp and voice mixture. One such database could be built with synthesis signals with voice models and associated vocal tract filtering on chirp excitation signal. In-vivo measurement results would therefore be unpredictable as training would be based on assumptions used in synthesis models.

In our context, two unknown signals (chirp c(t) and voice v(t)) have to be estimated from one signal (microphone recording s(t)). The mixture is instantaneous and linear as a linear combination of sources s(t) = c(t) + v(t). The separation problem is not blind thanks to knowledge of how the sources are mixed and some of their characteristics, but it is under-determined as there are more sources than observation. Neither the mixture nor the sources are sparse in time or in frequency: they overlap during the recording and are in the same frequency range. A priori knowledge on both sources' nature and mixing process places the problem in informed source extraction case [START_REF] Vincent | A Tentative Typology of Audio Source Separation Tasks[END_REF]. Specifically, there are only a few time-frequency bins on which signals overlap, when the chirp trajectory crosses one of the voice harmonics (see Fig. IV.4(left)). This characteristic is used in a first approach focused on voice signal aiming at extracting its harmonics by analysis and synthesis in Sec. IV.1.2. The idea of exploiting timefrequency information on chirp trajectory is introduced in Sec. IV.1.3. We then develop a separation process dealing with crossing points between voice harmonics and the chirp in Sec. IV.2.

IV.1.2 Voice extraction by analysis/synthesis

IV.1.2.1 Voice analysis/synthesis separation method

A previous internship (Rougier, 2016), supervised by N. Henrich Bernardoni and L. Girin, has focused on the development of a model-based informed source separation method in a measurement context with an exponential swept sine (sweep) excitation signal. It is based on an analysis/synthesis process applied to the voice signal, based on overlap-add sinusoidal model [START_REF] George | Speech Analysis/Synthesis and Modification Using an Analysis-by-Synthesis/Overlap-Add Sinusoidal Model[END_REF], in order to subtract it from the sweep and voice mixture, and to recover the sweep signal alone. Considering both signals in the time-frequency plane (see Fig. IV.4(left)), they overlap only when the sweep trajectory crosses one of the voice harmonics. Analysis/synthesis of the voice is thus carried out by frame excluding these crossing points, the excluded frames parameters being recovered by linear interpolation. During this thesis, we re-implemented the algorithm in Python and made some further analyses that are described below.

A sinusoidal model of voice assumes that voice signal v(t) can be written as a sum of overtones whose frequencies are the multiples of fundamental frequency f o , with a phase origin φ. Assuming voice is stationary on each analysed frame p, of time length 5 ms, sinusoidal model is written as: For each analyzed frame, parameters A p n , f p o , and φ p n have to be determined. Fundamental frequency was initially estimated by means of the Yin algorithm (de Cheveigné et Kawahara 2002) but we replace it with a simple maximum spectrum detection on pitch estimate (see Sec. IV.3.1.1 for details). The Yin algorithm, based on an auto-correlation method, is inaccurate when the voice signal is polluted by the sweep, and needs interpolation on disturbed analysis frames. Furthermore, as in many studies, the protocol is usually given with an expected note. Once the fundamental frequency is estimated, harmonics frequencies are computed as its multiples: f p n = (n + 1)f p o . Using matrix notations, parameters a p n and b p n are computed for each frame p by solving the least square linear problem:

v p (t) = n A p n (t) cos(2πf p n t + φ p n ) = n a p n (t) cos(2πf p n t) + b p n (t) sin(2πf p n t) = S p A p (IV.
A p = S T S -1 S T .v p (t) (IV.2)
Then initial parameters are computed

A p n = √ a p n 2 + b p n 2 and φ p n = -atan2(b p n , a p n ).
Frames with crossing between a voice harmonic and sweep do not provide reliable parameters estimates for the crossing harmonics due to the presence of the sweep (see Fig. IV.4(right)). For the harmonic considered, they are linearly interpolated with the parameters of the nearest frames that are not disrupted by the sweep, with a side margin of 3 frames. Voice is finally synthesized as a sum of harmonics with overlap-add technique [START_REF] George | Speech Analysis/Synthesis and Modification Using an Analysis-by-Synthesis/Overlap-Add Sinusoidal Model[END_REF] to smooth discrete estimated parameters. The separated sweep signal is obtained by removing the synthesized voice from the recording mixture.

IV.1.2.2 Numerical results of separation method by voice analysis and synthesis

This separation method is tested on numerical signals (see details in App. C). From geometrical data of vowel [ae] (as in "had") from [START_REF] Story | Vocal Tract Area Functions from Magnetic Resonance Imaging[END_REF], a vocal tract transfer function is computed with realistic visco-thermal losses [START_REF] Hanna | Frequencies, Bandwidths and Magnitudes of Vocal Tract and Surrounding Tissue Resonances, Measured through the Lips during Phonation[END_REF], as well as the associated vocal tract frequency response at the lips. Voice is synthesized by source-filter modeling with a Klatt & Klatt glottal flow [START_REF] Doval | The Spectrum of Glottal Flow Models[END_REF]) at fundamental frequency f o = 330 Hz (note E4). The characterization signal is synthesized as an exponential swept-sine (sweep) going from 80 Hz to 5500 Hz during 1 s, with three harmonics possibly associated with non-linearity in excitation system, and filtered by the modeled vocal tract frequency response at the lips. The sum of both signals, with voice 6 dB higher than sweep, gives an initial mixture representative of a context of measurement with excitation at the lips (see Fig. IV.4(left)). The voice analysis and synthesis method previously presented is applied in order to recover a sweep signal only. The fundamental frequency is informed with a resolution of 0,1 Hz so that pitch detection is considered nearly perfect and its influence is not tested here. The separation result is presented in Fig. IV.5 as the final estimated vocal tract frequency response and compared to the theoretical one that has been initially modeled. Voice harmonics above 2,5 kHz are no longer visible. The lower harmonics induce successively more artifacts, the closer their frequencies are to the fundamental. The worst results are for the first four voice harmonics. As the pitch detection is nearly perfect, separation algorithm errors come mainly from linear interpolation on crossing frames. The number of corrupted frames is constantly set to 6 by default but in fact, it depends on interference between sweep and nearest voice harmonic. At low frequencies, sweep trajectory increases slowly and interferes (acoustic beats) on more frames with voice harmonics than at higher frequencies. Adapting the frames' linear interpolation length to sweep frequency (more frames at low frequencies) could lead to better separation performance but will also increase error with respect to the voice stationarity hypothesis. Furthermore, interference at low frequencies is a problem for fundamental frequency detection, which is at the heart of voice analysis and synthesis. Non-linear components of sweep need to be taken into account because they also interfere with voice harmonics.

Another approach was tested in the previous internship (Rougier, 2016), based on Short-Time Fourier Transform (STFT) coefficients reconstruction [START_REF] Griffin | Signal Estimation from Modified Short-Time Fourier Transform[END_REF]. It aims at recovering the complete voice spectrum (not only its harmonics as what is done in the sinusoidal model) considering the sweep as noise in the spectrum. In this method, there is no fundamental frequency estimate, overtaking previous limitations. However, it relies on a first STFT coefficients amplitude computation and linear interpolation on frames corrupted by sweep, as in the voice analysis/synthesis separation method, and it is submitted to the same interpolation issues previously described.

Both of those methods are focused on voice synthesis, its harmonics for the sinusoidal model, and the entire spectrum for the STFT reconstruction, and treat the sweep as a noise. Nevertheless, the data we are interested in, in the measurement context, is the sweep which is localized on its known time-frequency trajectory. This statement leads us to reverse the point of view and focus on the sweep, treating voice as a noise.

IV.1.3 Towards a time-frequency approach

Without any assumptions on the voice signal, the only a priori information that we have is the swept-sine trajectory in the time-frequency plane, set for the initial excitation signal synthesis. The characterization signal, defined as the excitation signal filtered by the vocal tract response at the lips, has the same time-frequency trajectory, eventually delayed by excitation and measurement devices. Thus all the information needed to recover the vocal tract response is localized on the swept-sine trajectory of the characterization signal (see Fig. IV.4(left)). Amplitude modulation and phase shift of the characterization signal, associated with resonances and anti-resonances, are focused on the swept-sine trajectory. They are also intimately related to free oscillations at resonance frequencies, which appear as straight horizontal lines in the time-frequency plane, with decreasing energy. We first focus on the swept-sine trajectory and assume free oscillations are small as the vocal tract is a resonator that has high visco-thermal losses [START_REF] Hanna | Frequencies, Bandwidths and Magnitudes of Vocal Tract and Surrounding Tissue Resonances, Measured through the Lips during Phonation[END_REF]). This hypothesis is discussed later in Sec. IV.3.1.2.

The most common time-frequency analysis is the Short-time Fourier transform V w , with window w (proper definition in next section, Eq. (IV.5)). It can be seen as a projection (inner product) of the signal s(t) on so-called time-frequency atoms w τ,ω (t) = w(t -τ )e jω(t-τ ) localized near to instant τ with constant angular frequency ω:

V w (τ,ω) = ⟨s|w τ,ω ⟩ (IV.3) Each value of the STFT is proportional to the similarity between the analyzed signal and the corresponding time-frequency atom. Following the idea of extracting the sine-sweep information, whose instantaneous frequency varies continuously, we use chirplet atoms defined as:

w(t -τ )e j[ω(t-τ )+ 1 2 β(t-τ ) 2 ] (IV.4)
to match the swept-sine trajectory [START_REF] Mann | The Chirplet Transform: Physical Considerations[END_REF]. The chirprate parameter β is relative to the slope of the chirplet atom in the time-frequency plane. Adding the chirprate dimension to the time-frequency plane builds a 3-dimensions space (see Fig. IV.7). In this space, a voice signal (without vibrato) and a swept-sine are well separated and do not cross. Furthermore, for perfect matching between chirplet atoms with a linear frequency variation, we consider hereafter a linear swept-sine (chirp) to excite the vocal tract. Such a situation is illustrated in Fig. IV.6. Non-linear components of the chirp will be directly removed as we will extract only time-frequency information along the fundamental chirp trajectory. Working with an exponential swept-sine would need to assume it as piece-wise linear with adapted window length, but this approach is not studied in this thesis. The chirplet transform 1 is therefore considered in the next section as a way to separate several time-frequency components. 

IV.2 Multiple chirplet transforms for analysis of multicomponent signals with amplitude modulated crossing ridges

This section is based on a draft of an article to be submitted. A figure (Fig. IV.9) has been added to Sec. IV.2.3.2, and a supplementary Sec. IV.2.6 concludes the numerical results for clarity and illustration. The abstract has been removed to allow for integration into the present chapter, and the appendix of the article can be found at the end of this manuscript (Appendix D). It deals with the time-frequency analysis of non-stationary signals with several components which are crossing in the time-frequency plane, without the vocal tract resonances measurement context. The signal processing method is put back into context in next Sec. IV.3.

IV.2.1 Introduction

Non-stationary signals, such as audio signals [START_REF] Gribonval | Harmonic Decomposition of Audio Signals with Matching Pursuit[END_REF][START_REF] Guillemain | Characterization of Acoustic Signals through Continuous Linear Time-Frequency Representations[END_REF], may often be modeled as a superposition of amplitude and frequency modulated components, referred though as multicomponent signals (MCS). Time-frequency (TF) methods provide powerful tools to analyze those signals in various domains such as biomedicine [START_REF] Park | Time-Frequency Analysis of EEG Asymmetry Using Bivariate Empirical Mode Decomposition[END_REF], geology [START_REF] Liu | Self-Adaptive Generalized S-Transform and Its Application in Seismic Time-Frequency Analysis[END_REF], bioacoustics [START_REF] Flandrin | Animal Sonar: Processes and Performance[END_REF], mechanical engineering [START_REF] Meng | General Synchroextracting Chirplet Transform: Application to the Rotor Rub-Impact Fault Diagnosis[END_REF], or astronomy [START_REF] Liu | Detection of Weak Astronomical Signals with Frequency-Hopping Interference Suppression[END_REF].

Linear techniques such as the short-time Fourier transform or the continuous wavelet transform extend the one-dimensional time-series signal to the two-dimensional TF plane: the time and frequency characteristics of the signals can be observed simultaneously. However, a limitation lies in the Heisenberg uncertainty principle, which reduces the readability of the time-frequency representation [START_REF] Cohen | Time-Frequency Analysis, Time-Frequency Analysis[END_REF]. Techniques have been developed to recover the TF signature of signal components. For instance, the reassignment method [START_REF] Auger | Time-Frequency Reassignment and Synchrosqueezing: An Overview[END_REF]) offers a non-invertible post-processing improvement in energy concentration for the spectrogram. The synchrosqueezing transform [START_REF] Daubechies | Synchrosqueezed Wavelet Transforms: An Empirical Mode Decomposition-like Tool[END_REF]) uses the same reallocation idea and enables mode reconstruction for slightly modulated components. The synchroextracting transform [START_REF] Yu | Synchroextracting Transform[END_REF]) retains only the information related to the instantaneous frequency of the modes. Detection of the ridges [START_REF] Laurent | A Novel Ridge Detector for Nonstationary Multicomponent Signals: Development and Application to Robust Mode Retrieval[END_REF] and instantaneous frequency (IF) of the modes, or estimates [START_REF] Khan | A Robust and Efficient Instantaneous Frequency Estimator of Multi-Component Signals with Intersecting Time-Frequency Signatures[END_REF], are required to perform the demodulation. In this article, we will focus on the process of modes reconstruction.

Extensions have been proposed to overcome the assumption of weak amplitude and frequency modulations usually made to apply those transforms. They take into account phase and amplitude modulations at second order [START_REF] Oberlin | Second-Order Synchrosqueezing Transform or Invertible Reassignment? Towards Ideal Time-Frequency Representations[END_REF] or higher orders in synchrosqueezing case [START_REF] Pham | High-Order Synchrosqueezing Transform for Multicomponent Signals Analysis-With an Application to Gravitational-Wave Signal[END_REF], or in synchroextracting case [START_REF] Chen | High-Order Synchroextracting Time-Frequency Analysis and Its Application in Seismic Hydrocarbon Reservoir Identification[END_REF]. However, those analyses perform IF estimates and mode reconstruction at the same time, which does not indicate if the remaining error comes from the IF estimates error or from the reconstruction process.

Those methods are also incompatible with intersecting ridges and fail to separate modes that are very close or cross in the time-frequency plane. Parametric TF analysis can overcome this issue. The chirplet transform (CT) proposed by [START_REF] Mann | The Chirplet Transform: Physical Considerations[END_REF] allows separating crossing modes of a signal in the three-dimension time-frequencychirprate space using the chirprate parameter. Non-exhaustively, it was applied in IF estimations for non-linear signals [START_REF] Peng | Polynomial Chirplet Transform With Application to Instantaneous Frequency Estimation[END_REF], in reassignement [START_REF] Zhu | Frequency-Chirprate Reassignment[END_REF], squeezing (Zhu et al. 2019b), synchroextracting (Zhu et al. 2019a), and mode retrieval [START_REF] Li | A Chirplet Transform-Based Mode Retrieval Method for Multicomponent Signals with Crossover Instantaneous Frequencies[END_REF]. But it comes with assumptions on the weakness of the amplitude modulations of the signal components.

This paper aims to introduce a method relying on multiple chirplet transforms that would separate and retrieve the different modes of a multicomponent signal, even in the traditionally difficult cases of crossing ridges and/or strong amplitude modulation. In particular, we consider the process of denoising, i.e., the amplitude estimation and signal reconstruction of a given component in the presence of other ridges and/or noise. The algorithm performances of IF and amplitude estimates are generally analyzed jointly making it difficult to evaluate the respective contributions of each step in the global reconstruction error. Focus is put on the performance of the amplitude retrieval method, assuming that the components' IFs are already known.

This paper is structured as follows. Some recall on the short-time Fourier transform and its extension as the chirplet transform are made in Sec. IV.2.2. We explore the amplitude estimation of a single component using the chirplet transform and introduce a higher-order method based on Hermite polynomials to handle strongly modulated amplitudes in Sec. IV.2.3. The problem of separating crossing ridges in the timefrequency plane is tackled in Sec. IV.2.4, firstly assuming time asymptoticity, and secondly in the general case of modulated amplitude components. Finally, Sec. IV.2.5 presents numerical experiments and results on simulated signals to show the relevance of the proposed method and its known limits.

IV.2.2 Chirplet transform

IV.2.2.1 A brief revue of short-time Fourier transforms

The short-time Fourier transform (STFT) can be defined for a function s ∈ L 1 (R) and a window w in the Schwartz class as a function of delay τ and angular frequency ω (see, e.g., [START_REF] Cohen | Time-Frequency Analysis, Time-Frequency Analysis[END_REF]):

V w (τ,ω) = R s(t ′ )w(t ′ -τ ) * e -jω(t ′ -τ ) dt ′ = R s(τ + t) w(t)e jωt * dt (IV.5)
where * denotes the complex conjugate. The value V w (τ,ω) can be interpreted as the inner product of s shifted by τ and the time-frequency atom defined as the restriction of a sine wave (with constant angular frequency ω) by the window w.

IV.2.2.2 Extension for chirp atoms

As suggested in [START_REF] Guillemain | Characterization of Acoustic Signals through Continuous Linear Time-Frequency Representations[END_REF], we now consider atoms with linearly varying instantaneous (angular) frequency ω + βt (i.e., quadratic phase ωt + βt 2 /2), so that the chirplet transform (CT) is defined as

L w (τ,ω,β) = R s(τ + t) w(t)e j(ωt+ 1 2 βt 2 ) * dt = R s(τ + t) w β (t)e jωt * dt = V w β (τ, ω) (IV.6)
where the so-called chirplet w β (t) = w(t)e j 1 2 βt 2 accounts for both the envelop w and the chirp rate β (see, e.g., [START_REF] Mann | The Chirplet Transform: Physical Considerations[END_REF]).

The Gaussian window g σ (t) = e -t 2 /2σ 2 is used throughout this paper. The related chirplet is also a Gaussian function:

g σ β (t) = e -1 2 t 2 (1/σ 2 -jβ) .
The Fourier transform of the chirplet g σ β is thus

G σ β (ω) = F(g σ β )(ω) = σ √ 2π √ 1 -jβσ 2 exp - ω 2 σ 2 2 (1 -jβσ 2 )
.

We hereafter consider the multicomponent signal (MCS) s(t) = P p=1 s p (t) where each component can be written as s p (t) = A p (t) exp (jφ p (t)) with A p (t) the instantaneous amplitudes (assumed to be continuously differentiable), φ p (t) the phases (assumed to be at least two times continuously differentiable) and the instantaneous angular frequencies φ ′ p (t). The chirplet transform of the MCS is thus the sum L g σ (τ,ω,β) = P p=1 L g σ p (τ,ω,β) with

L g σ p (τ,ω,β) = R A p (τ + t) g σ β (t)e j(ωt-φp(τ +t)) * dt (IV.7)
It is important to note that strict amplitude/phase separation of the components is not required. In fact, the phase φ p (t) can be chosen to only retain the main trend, e.g., a linear (or quadratic) evolution corresponding to a constant carrier frequency (or a linear chirp, respectively), and the complex amplitude A p (t) accounting for the remaining argument fluctuations (e.g., argument variations related to resonances of dynamical systems). The method described in the following sections can, however, be used with any phase φ(t) by combining the proposed techniques with the polynomial chirplet transform designed for signals with non-quadratic phase [START_REF] Peng | Polynomial Chirplet Transform With Application to Instantaneous Frequency Estimation[END_REF].

Throughout the subsequent sections, the superscript σ is omitted in the L g σ notation, which becomes L g .

IV.2.3 Amplitude reconstruction for a single component signal with constant chirp rate

IV.2.3.1 Time asymptotic signal

We first consider a single component (P = 1, omitted subscript p in all Sec. IV.2.3) and assume time asymptoticity, i.e., that the instantaneous amplitudes A(τ + t) and the chirp rate φ ′′ (τ + t) are constant on the effective support of the window g(t), so that φ(τ + t) = φ(τ ) + φ ′ (τ )t + 1 2 t 2 φ ′′ (τ ) and

L g (τ,ω,β) = A(τ )e jφ(τ ) R g(t)e -j((ω-φ ′ (τ ))t+ 1 2 (β-φ ′′ (τ ))t 2 ) dt = A(τ )e jφ(τ ) G β-φ ′′ (τ ) (ω -φ ′ (τ )) .
(IV.8)

This has two consequences. As a first consequence, the instantaneous amplitude A(τ ) can be estimated with a single evaluation of the CT:

L g (τ, φ ′ (τ ), φ ′′ (τ )) = A(τ )e jφ(τ ) G 0 (0) ⇒ A(τ ) = e -jφ(τ ) σ √ 2π L g (τ, φ ′ (τ ), φ ′′ (τ )). (IV.9)
Such an evaluation requires knowing the ridge position, i.e., the instantaneous frequency φ ′ and its derivative φ ′′ at (sampled) times τ . These values can be provided by a priori knowledge or computed using estimates of instantaneous frequency provided in the literature, for instance in [START_REF] Fourer | Chirp Rate and Instantaneous Frequency Estimation: Application to Recursive Vertical Synchrosqueezing[END_REF]. Additional knowledge of phase φ enables the retrieval of the (sampled) amplitude A(τ ) without the carrier.

The second consequence is depicted in Fig. IV.8. For a given delay τ , the CT L g (τ,ω,β) can be represented in the (ω,β) subspace leading to the so-called bowtie pattern [START_REF] Mann | The Chirplet Transform: Physical Considerations[END_REF]. The CT deviates from its maximum value L g (τ, φ ′ (τ ), φ ′′ (τ )) according to the factor G β-φ ′′ (τ ) (ω -φ ′ (τ )), which has interesting features. For fixed β, it is a Gaussian distribution centered on ω = φ ′ (τ ) with a variance that increases as σ -1 1 + σ 4 (β -φ ′′ (τ )) 2 with a minimum value σ -1 for β = φ ′′ (τ ). This implies that the frequential span of a component in the classical STFT (corresponding to case β = 0) may be much larger than that obtained when the chirp rates of the chirped window and of the component match (for β = φ ′′ (τ )). This span also critically depends on the variance σ of the Gaussian window.

As a side note, the simple structure of the pattern (two well-identified principal axes) could be used for, e.g., localization of ridges based on line searches over the β parameter from samples of the STFT (i.e., with initial guess β = 0). This is beyond the scope of the present paper, but the reader may refer to (Zhu et al. 2019a) for an example of such a method. 

-3/σ 2 0 3/σ 2 β -ϕ (τ )

IV.2.3.2 Accounting for amplitude modulation

The hypothesis of constant amplitude modulation (time asymptotic hypothesis) is now relaxed. The instantaneous amplitude can be represented as a truncated Taylor series taking into account its modulation to an order of 2K

A(τ + t) = t≃0 2K k=0 t k k! A (k) (τ ) + o(t 2K+1 ).
(IV.10)

Several terms now contribute to the CT L g (τ,ω,β) and disable the direct estimate of A(τ ). In order to restore this possibility, a set of windows (g n ) n∈[0,N ] is introduced.

The corresponding CTs L gn (τ,φ ′ (τ ),φ ′′ (τ )) are formulated as follows

      L g 0 (τ,φ ′ (τ ),φ ′′ (τ )) L g 1 (τ,φ ′ (τ ),φ ′′ (τ )) . . . L g N (τ,φ ′ (τ ),φ ′′ (τ ))       = e jφ(τ ) B (g)       A(τ ) A ′′ (τ ) . . . A (2K) (τ )       (IV.11) with the matrix B (g) (square if N = K) defined by B (g) n,k = R t 2k g n (t) (2k)! dt.
(IV.12) involving only even order derivatives if we consider only even windows g n (i.e., g n (-t) = g n (t)). When choosing the latter as Gaussian multiplied by canonical monomials, i.e., g n (t) = (t/σ) 2n e -t 2 /(2σ 2 ) , it follows that

B (g) n,k = σ 2k+1 √ 2π (2k + 2n -1)!! (2k)!
where !! denotes the double factorial.

In order to avoid the full resolution of Eq. (IV.11) for each delay τ , the set of windows that would produce the identity matrix B = I K+1 might be considered. While feasible, this would lead to a set of windows valid for a single truncation order K given. Changing the truncation order would change the full set of windows. For instance, the first window g 0 would not even converge to a regular function when increasing K. Moreover, the condition number of the matrix B (g) n,k increases dramatically with K, resulting in numerical issues for its inversion (or, equivalently, for the resolution of Eq. (IV.11)).

An incremental approach is preferred here, building a unique set of functions (denoted (h n )) where the truncation order K only changes the number of functions to consider. The set of even Hermite functions

h n (t) = 1 σ √ 2π H 2n t σ e -t 2 2σ 2 (IV.13)
is such as B (h) is an upper triangular Toeplitz matrix. For N = K, it is a square matrix whose inverse is also an upper triangular Toeplitz matrix and can be analytically computed:

B (h) n,k = σ 2k 2 k-n (k -n)! if k ≥ n, 0 otherwise, B (h) -1 k,n = (-1) n-k σ 2k 2 n-k (n -k)!
if n ≥ k, 0 otherwise, so the amplitude A(τ ) can simply be estimated from

A(τ ) = e -jφ(τ ) N n=0 (-1) n 2 n n! L hn (τ,φ ′ (τ ),φ ′′ (τ )).
This series clearly identifies the respective contribution of each CT when increasing the truncation order K. However, B

n,k as an upper triangular matrix is not optimum from the computational cost standpoint. Thus, we abstract the Taylor series expansion (Eq. (IV.10)) and consider a more generic representation of the amplitude modulation

A(τ + t) = K k=0 α k (τ )Φ k t σ (IV.14)
based on the family of functions Φ k of the reduced time and where α k are the coefficient to be determined

(Φ k (θ) = σ k θ k /k! and α k (τ ) = A (k) (τ )
for the Taylor series in Eq. (IV.10)). For a set of functions f n to be defined hereafter, Eq. (IV.11) now writes

      L f 0 (τ,φ ′ (τ ),φ ′′ (τ )) L f 1 (τ,φ ′ (τ ),φ ′′ (τ )) . . . L f N (τ,φ ′ (τ ),φ ′′ (τ ))       = e jφ(τ ) B (f )       α 0 (τ ) α 1 (τ ) . . . α K (τ )       (IV.15)
with the matrix B (f ) defined by

B (f ) n,k = R Φ k t σ f n (t)dt. (IV.16)
Taking advantage of the orthogonality property of the Hermite polynomials, we consider those for both the set of windows f n (see Fig. IV.9), with a normalization slightly different from h n ,

f n (t) = 1 σ √ 2π(2n)! H 2n t σ e -t 2 2σ 2 . (IV.17)
and for the expansion of the amplitude modulation Φ k (with a shift such that A(τ ) reduces to α 0 (τ ))

Φ k (θ) =    H 0 (θ) = 1 if k = 0, H 2k (θ) -H 2k (0) otherwise. (IV.18) -1 0 1 f 0 f 1 f 2 f 3 f 4 -0.02 0.02 -1 0 1 f 5 -0.02 0.02 f 6 -0.02 0.02 local time τ (s) f 7 -0.02 0.02 f 8 -0.02 0.02 f 9
Re(f/max(f)) The first-order chirplet atoms based on the Hermite polynomials is the Gaussian window. Higher orders of polynomials correspond in the time-frequency plane to beats between two complementary Gaussian chirplets separated by a fixed frequency. The higher the order, the higher the beat frequency, and the more distant the complementary chirplets are in frequency.

The matrix B (f ) contains only zero terms except on the first line and on the main diagonal, which can be calculated as

B (f ) 0,k>0 = (-1) k+1 (2k -1)!! and B (f ) n,n = 1 (IV.19)
Its inverse can also be analytically computed in the square case (N = K), avoiding potential numerical issues, so that, even without any time asymptoticity hypothesis on the instantaneous amplitude, the latter can be simply estimated by

A(τ ) = e -jφ(τ ) [L f 0 (τ,φ ′ (τ ),φ ′′ (τ )) - N n=0 (-1) n (2n -1)!!L fn (τ,φ ′ (τ ),φ ′′ (τ ))] (IV.20)
extending Eq. (IV.9). Numerical results on reconstruction and convergence are presented in Sec. IV.2.5. Regarding computational cost, the choice of canonical windows Eqs. (IV.10), (IV.11), (IV.12) requires solving a linear system with full matrix (no particular property), i.e., O(N 3 ) multiplications with direct algorithm (using Gaussian elimination). Switching to the set of Hermite functions (Eq. (IV.13)) leads to an upper triangular matrix with explicit inverse so that solving the linear system corresponds to O(N 2 ) multiplications (or only O(N ) to retrieve the sole A(τ )). The last configuration Eqs. (IV.18), (IV.17), (IV.15), (IV.19) trims down the number of multiplications to O(N ), which is equivalent to the estimation of A(τ ) but clearly better than the previous choices for the full AM expansion.

IV.2.4 Extension to multicomponent signal with crossing ridges

IV.2.4.1 Time asymptotic components

A signal with two independent components s(t) = s 1 (t) + s 2 (t) (P = 2) is now considered. We assume that s 1 (t) = A 1 (t)e jφ 1 (t) and s 2 (t) = A 2 (t)e jφ 2 (t) are time asymptotic (constant instantaneous amplitude and frequency variation modulations on the effective support of the window g(t)). Relying on Eq. (IV.8), the chirplet transform can then be written as

L g (τ,ω,β) = A 1 (τ )e jφ 1 (τ ) G β-φ ′′ 1 (τ ) (ω -φ ′ 1 (τ )) + A 2 (τ )e jφ 2 (τ ) G β-φ ′′ 2 (τ ) (ω -φ ′ 2 (τ )) (IV.21)
In line with Sec. IV.2.3, we focus on the instantaneous amplitudes A p (τ ) under the assumption that the location of both ridges is known (i.e. instantaneous phase, frequency, and its derivative). The amplitudes can then be estimated using two evaluations of the CT transform at locations (τ, ω 1 , β 1 ) and (τ,ω 2 ,β 2 ):

A 1 (τ )e jφ 1 (τ ) A 2 (τ )e jφ 2 (τ ) = S (g) -1 L g (τ,ω 1 , β 1 ) L g (τ, ω 2 , β 2 ) (IV.22) with S (g) ij = G β i -φ ′′ j (τ ) ω i -φ ′ j (τ ) (IV.23)
Without any other knowledge, an obvious choice is to adapt the chirplets to the ridges:

(ω 1 , β 1 ) = (φ ′ 1 (τ ), φ ′′ 1 (τ )) and (ω 2 , β 2 ) = (φ ′ 2 (τ ), φ ′′ 2 (τ ))
which leads to a self-adjoint (Hermitian) matrix with maximal contributions on the diagonal τ ) the distances between the two ridges. However, the matrix becomes ill-conditioned when two ridges cross with a small angle (|∆φ ′′ | ≪ σ -2 ).

   S (g) 11 = S (g) 22 = G 0 (0) = σ √ 2π, S (g) 12 = S (g) 21 = G ∆φ ′′ (∆φ ′ ) denoting ∆φ ′ = φ ′ 1 (τ ) -φ ′ 2 (τ ) and ∆φ ′′ = φ ′′ 1 (τ ) -φ ′′ 2 (
Another inconvenience is that the estimates are not robust to uncertainty on the location of one of the ridges. In fact, error analysis shows that the estimates are maximally sensitive to errors on φ ′ i (τ ) when the frequency distance between the ridges is about σ -1 . This is graphically depicted in Fig. IV.8 by the greatest slope of |G(ω,β)| just above and below the center of the bowtie: a small frequency error can then lead to a strong bias in the matrix S (g) and in the estimates of the amplitudes.

An alternative choice can be made when one of the ridges is perfectly localized, permitting some uncertainty on the other one. Setting

ω 1 = ω 2 = φ ′ 1 (τ ), β 1 = φ ′′ 1 (τ ) and β 2 such as |β 2 -φ ′′ i (τ )| > σ -2
ensures that the matrix S (g) is well-conditioned. For monotonic chirps (i.e., non vanishing φ ′′ 1 (τ )), one can choose β 2 = -φ ′′ 1 (τ ), leading to

S (g) = G 0 (0) G ∆φ ′′ (∆φ ′ ) G -2φ ′′ 1 (τ ) (0) G -2φ ′′ 1 (τ )+∆φ ′′ (∆φ ′ ) (IV.24)
In the particular process of denoising a given component s 1 (t) (as the main objective is to recover only A 1 (τ )), the instantaneous phase of the other component φ 2 (τ ) does not need to be known. Numerical results on denoising performance and robustness are presented in Sec. IV.2.5.

IV.2.4.2 Amplitude modulated components

Finally, the case of a multicomponent signal with strong amplitude modulations is considered. For the sake of conciseness, the signal has P = 2 components such that t) . The time asymptotic assumption on s 1 (t) and s 2 (t) is relaxed. As in Sec. IV.2.3.2, their amplitudes are expanded on Hermite polynomials:

s(t) = s 1 (t) + s 2 (t) = A 1 (t)e jφ 1 (t) + A 2 (t)e jφ 2 (
A 1 (τ + t) ≃ K k=0 α 1 k (τ )Φ k t σ A 2 (τ + t) ≃ L k=0 α 2 k (τ )Φ k t σ
with the basis functions Φ k defined in Eq. (IV.18), and the CTs are computed with the set of windows f n (t) defined in Eq (IV.17). Extending the matrices used in the AM reconstruction (Sec. IV.2.3.2) and in the ridge separation (Sec. IV.2.4.1), one can then write the complete matrix system : τ ) . . . τ ) . . .

            L f 0 (τ,ω 1 ,β 1 ) . . . L f N (τ,ω 1 ,β 1 ) L f 0 (τ,ω 2 ,β 2 ) . . . L f M (τ,ω 2 ,β 2 )             =           B (f ) C (f ) D (f ) E (f )                       α 1 0 e jφ 1 (
α 1 K e jφ 1 (τ ) α 2 0 e jφ 2 (
α 2 L e jφ 2 (τ )             (IV.25)
The various blocks derive from a common quantity F:

B (f ) = F (ω 1 -φ ′ 1 (τ ), β 1 -φ ′′ 1 (τ )) C (f ) = F (ω 1 -φ ′ 2 (τ ), β 1 -φ ′′ 2 (τ )) D (f ) = F (ω 2 -φ ′ 1 (τ ), β 2 -φ ′′ 1 (τ )) E (f ) = F (ω 2 -φ ′ 2 (τ ), β 2 -φ ′′ 2 (τ ))
with generic term

F n,l (∆ω, ∆β) = R Φ l t σ f n (t)e -j∆ωt e -j 1 2 ∆βt 2 dt. (IV.26)
The integral can be evaluated as

F n,l (∆ω, ∆β) =    G 2n,0 (∆ω, ∆β) if l = 0 G 2n,2l (∆ω, ∆β) -H 2l (0)G 2n,0 (∆ω, ∆β) (IV.27) with G 2n,2l (∆ω, ∆β) = R H 2l t σ 1 σ √ 2π(2n)! H 2n t σ e -j∆ωt e -j 1 2 ∆βt 2 = ζ ∆β (2n)! e -1 2 (σ∆ωζ∆β) 2 2min(l,n) p=0 (2n)!(2l)! p!(2n -p)!(2l -p)! ζ 2p ∆β 1 -ζ 2 ∆β n+l-p × H 2n-p   jσ∆ωζ 2 ∆β 1 -ζ 2 ∆β   H 2l-p   jσ∆ωζ 2 ∆β 1 -ζ 2 ∆β   (IV.28) with ζ ∆β = 1/ √ 1 + jσ 2 ∆β.
See Section Appendix D for key calculus elements. The two amplitude modulated components case Eq. (IV.25) or even a general case with more components could be solved as a system of linear equations with algebra methods.

However, in line with Sec. IV.2.4.1 we will focus here on the particular process of denoising the first component. We assume a time-asymptotic second component (M = L = 0), which leads C n = F n,0 (∆φ ′ (τ ), ∆φ ′′ (τ )) = G 2n,0 (∆φ ′ (τ ), ∆φ ′′ (τ )) to be a column vector, D k = F 0,l (0, -2φ ′′ (τ )) a row vector, and E a scalar. Moreover, we set

ω 1 = ω 2 = φ ′ 1 (τ ), β 1 = φ ′′ 1 (τ )
and β 2 = -φ ′′ 1 (τ ) so that B = F n,l (0,0) is the same matrix as Eq. (IV.19), ensuring its easy inversion, and E = S 22 = G -2φ ′′ 1 (τ )+∆φ ′′ (∆φ ′ ) (see Eq. (IV.24)).The reverse system can then be analytically computed, using the Schur complement of B defined by the scalar u = E -DB -1 C, and whose inverse is trivial as long as u ̸ = 0. τ ) . . .

      α 1 0 e jφ 1 (
α 1 K e jφ 1 (τ ) α 2 0 e jφ 2 (τ )       = X       L f 0 (τ,ω 1 ,β 1 ) . . . L f K (τ,ω 1 ,β 1 ) L f 0 (τ,ω 2 ,β 2 )       (IV.29) with X = B -1 + B -1 Cu -1 DB -1 -B -1 Cu -1 -u -1 DB -1 u -1 .
(IV.30)

IV.2.5 Numerical results

In this section, the relevance and performance of the proposed methods are evaluated on synthetic signals, with a denoising point of view, i.e. focusing on the reconstruction of one given ridge of a MCS among others, in line with Eq. (IV.29). The reconstruction error between original component s p (t) and its estimate sp (t) is evaluated as the output Signal-to-Noise Ratio

SNR out (s p , sp ) = 20 log 10 ||s p || 2 ||s p -sp || 2 (IV.31)
This ratio is a global error measure directly related to the relative root mean square error (RRMSE). Comparing either signals (s p vs sp ) or amplitudes (A p vs Ãp ) is equivalent since a priori knowledge of their common phase is assumed. Global error measure may be complemented by a local relative error

ε(τ ) = Ãp (τ ) A p (τ ) -1 (IV.32)
that helps to identify the conditions of worst-case error.

All signals last for 1 s. The sampling frequency is 44,1 kHz. Analyses are carried out using frames of length 50 ms with 98 % overlap. The Gaussian width is set to σ = 5,2 ms so that the Gaussian window decreases to 10 -5 at the two ends of the frame.

IV.2.5.1 Amplitude modulated chirp

For the illustration of multiple CT analysis taking into account a strong amplitude modulation (see method Sec IV.2.3.2), let us first consider the monocomponent signal s 1 (t) = A 1 (t)e jφ 1 (t) , displayed in Fig. IV.10, with: The window length (T w = 50 ms) is in the same range as the modulation period of the signal amplitude (1/20 = 50 ms) so the time asymptotic hypothesis is clearly not verified. The chirp rate φ ′′ 1 (t) = 2π × 6000 = 37,7 × 10 3 rad s -2 is comparable to σ -2 which induces the blurring of the ridge in the STFT spectrogram in Fig. IV.10b.

A 1 (t) = 1 + 0.5 cos (2π 20t) φ 1 (t) = 2π 100t + 6000t 2 /2 (IV.33)

Relevance of the AM method

The amplitude of the signal is estimated by the method described in Sec IV.2.3.2 considering the perfect knowledge of the phase φ(t), for two numbers of computed moments N = 0 (Eq. (IV.9), i.e. assuming a time asymptotic signal) and N = 5 (Eq. (IV.20), i.e., taking into account up to the 2K = 10 th derivative of the amplitude), respectively. The original amplitude and the estimates are shown in Fig. IV.11.

The estimated amplitude A 1 (t) without multiple CTs (N = 0) clearly fails in reproducing the variation of amplitude A 1 (t), with a corresponding SNR out (s 1 , s 1 ) = 23.8 dB. In comparison, the multiple chirplet transforms analysis (N = 5) leads in this case to a perfect reconstruction of the signal amplitude modulation (SNR out = 91.9 dB). This result means that a polynomial of degree 2K = 10 (with K = N ) is sufficient (and possibly overfitting) to correctly reconstruct the amplitude modulation over the given time range, here a full period of the amplitude modulation. 

Robustness to additive Gaussian noise

In order to evaluate method robustness to divergence from the MCS model, Gaussian noise is added to s 1 (t) (Eq. (IV.33)).

Estimates are made as before. Input signal-to-noise ratio

SNR in (s, η) = 20 log 10 (||s|| 2 /||η|| 2 ) (IV.34)
varies from +∞ (noiseless case) to 0 (very noisy case). The results are shown in Table IV.1, with a mean statistic computed on 10 repetitions. For all SNR in tested, the multiple CTs method performs better than the zero-order one. SNR out decreases as the SNR in decreases, which indicates the method's sensibility to noise. In the very noisy case (SNR in = 0), the improvement made by the multiple CTS methods tends to vanish. Convergence Analysis with respect to N In order to evaluate the convergence of estimated amplitude with respect to window length and to number N of computed moments, a modulation metric relative to the effective window length σ is defined as: For a given amplitude modulation, increasing the number of computed higher-order moments leads to a better SNR out that converges around 90 dB (perfect reconstruction). Note that for real signals it should not be necessary to exceed the order N = 10 to obtain perfect results, except for extreme amplitude modulations.

m A = max t σ 2 f A A(t) dA(t) dt (IV.

IV.2.5.2 Crossing ridges separation with constant amplitude

We first consider the constant amplitude case with a two-components signal s(t) = s 2 (t) + s 3 (t) = A 2 (t)e jφ 2 (t) + A 3 (t)e jφ 3 (t) with: The separation method described in Sec. IV.2.4.1 is applied in the denoising case (same as Eq. (IV.24)) with the CT parameters ω 1 = ω 2 = φ ′ 2 (τ ) and β 1 = -β 2 = φ ′′ 2 (τ ). The relative error on the estimated amplitude A s 2 with and without the separation method is presented in Fig. IV.14. From a practical point of view, the separation method using the CT with parameters (ω 2 ,β 2 ) is only applied when the contribution factor of s 3 to the CTs reaches a significant threshold, i.e., for e -σ 2 (φ ′ The relative error on the estimated amplitude A 2 reaches a maximum at the crossing point between the two components in the case of an analysis with only one chirplet transform (Eq. (IV.9)), indicating that it fails in the separation process. The use of the separation method (Eq. (IV.24)) leads to a perfect retrieval of the amplitude (∀t, ε(t) ≃ 10 -6 ). The reconstruction signal s 1 can be considered perfect with the separation method regardless of the amplitudes of the ridges: for example, with SNR in (s 2 ,s 3 ) = -20 dB, SNR out (s 2 , s2 ) = 109.8 dB (relative error inferior to 10 -5 ).

A 2 (t) = A 3 (t) = 1 φ 2 (t) = 2π 100t + 6000t 2 /2 = φ 1 (t) φ 3 (t) = 2π 2100t + 2000t 2 /2 (IV.
3 (τ )-φ ′ 2 (τ ))

Robustness to noise

Gaussian noise is added to s with SNR in (s,η) varying from +∞ (noise-free) to 0 (very noisy). Table IV.2 shows the mean values obtained on 10 realizations. For all tested SNR in , taking both components into account in the separation method performs better than using a single chirplet transform. with separation (Eq. (IV.24)) 115.4 48.9 39.0 32.0 29.0

Uncertainty on the location of ridges A priori knowledge of the time-frequency trajectories is crucial to the quality of separation between the components of the signal. We estimate the amplitude A 2 using the separation method described Sec. IV.2.4.1 for several supposed instantaneous frequency φ ′ 3 (τ ) deviating from φ ′ 3 (τ ). The consequences of the deviation from perfect knowledge of φ ′ 3 (τ ) on the separation process are depicted in Fig. IV.15, where the deviation is expressed both by the IF error weighted by the effective window length σ and by the corresponding mean square error (MSE) calculated as

|| φ ′ 3 (τ ) -φ ′ 3 (τ )|| 2 .
The associated SNR out is computed as a generic reconstruction metric, but this global metric is not really representative of the quality of the separation method because the error is focused near the intersection between the two edges. Therefore, Fig. IV.15 also displays the maximum relative error made on the estimated amplitude as a more local error metric. The maximal relative error on amplitude estimate A 2 increases exponentially with the deviation on time-frequency trajectory knowledge of the other component s 3 . For example, a deviation of 1 Hz leads to a maximum relative error of 2.10 -2 and a SNR out of 52 dB, compared to a SNR out of 115 dB in the ideal case.

IV.2.5.3 Crossing ridges separation with amplitude modulation

We now reintroduce an amplitude modulation and consider the signal s(t) = s 1 (t) + s 3 (t), with s 1 and s 3 previously described in Eqs. (IV.33) and (IV.36). The amplitude of s 1 is estimated using Eq. (IV.29), i.e., accounting both for ridge separation and amplitude modulation, as the results are compared to those obtained in the other configurations: with or without ridge separation, single (N = 0) or multiple (N = 5) computed CTs. The relative error on the estimated amplitude for each configuration is displayed in Fig. IV.16 and the associated SNR out (s 2 , s2 ) are listed in Table IV.3.

Outside of the frames in the vicinity of the ridges crossing (τ ≃ 0,5 s), the relative error on estimated amplitude A 1 is smaller (between 10 -5 and 10 -4 ) when modulation amplitude is taken into account (N = 5). When ridges are crossing, accounting for AM but not for nearby ridge (green solid curve, Eq. (IV.20)) may perform worse than the method only intended for ridge separation (orange dashed curve, Eq. (IV.24)). This is also visible in Table IV Compared to results in Fig. IV.12 when dealing only with the amplitude modulation (no crossing ridges), the SNR out in Fig. IV.17 (a) clearly does not converge as the number N of computed moments increases. For a given amplitude modulation, the estimated signal amplitude rather reaches a maximum before gradually decreasing for higher N . Focusing on the details of the relative error of the estimated amplitude (see Fig. IV.17 (b): for N = 1), the order is too small to take into account the modulated amplitude. For N = 3 (optimum SNR out ), the modulated amplitude is better estimated and separation operates even if not perfect (max τ ε = 2×10 -3 ). For N = 5, the estimate reaches a perfect reconstruction of the modulated amplitude (relative error lower than 1 × 10 -4 ) where ridges are far from one another in the time-frequency plane, but it has higher local relative error than for smaller order N = 3 near the ridge crossing. Trying to account for amplitude modulation with too many high-order chirplets degrades the separation of crossing components: a compromise has to be made between separation quality and the accuracy of the amplitude modulation estimate. The maximum SNR out decreases as the amplitude modulation metric increases, indicating that the separation method fails for very strong amplitude modulation.

IV.2.6 Influence of chirplet window time length

This section focuses on the choice of the window time length for the multiple chirplet transforms method implementation. The chirplet transform, as the Short-Time Fourier Transform (STFT), relies on windows to analyze non-stationary signals. The choice of window size is a well-known parameter to compute STFT and the associated spectrogram. The Gabor-Heisenberg uncertainty, ∆t.∆f = 1/4π for a Gaussian window, states that simultaneous resolution in time and frequency has a lower bound. A wide window gives a fine frequency resolution at the expense of time resolution, whereas a narrow window highlights time transients and blurs frequency components. If the chirplet window improves the readability of signals whose chirprate matches that of the chirplet, it also has resolution limitations which are dependent on the window size and the chirprate parameter [START_REF] Zhu | Parameter Analysis of Chirplet Transform and High-Resolution Time-Frequency Representation via Chirplets Combination[END_REF]). This behavior is also depicted in the chirplet bowtie pattern (Fig. IV.8). A short window limits the matching capacity of the chirp basis, and therefore the ability of the chirplet transform to separate two crossing components. The search for the minimum of the Rényi entropy, which is a measure of energy concentration in the time-frequency plane, is often used to set the optimal window size computation [START_REF] Pham | High-Order Synchrosqueezing Transform for Multicomponent Signals Analysis-With an Application to Gravitational-Wave Signal[END_REF]. Its significance is connected to components modulation [START_REF] Meignen | On the Use of Rényi Entropy for Optimal Window Size Computation in the Short-Time Fourier Transform[END_REF], thus its use in the case of modulated crossing modes is not trivial and a direct study of window length influence on the proposed methods is preferred. Studied signals, analysis parameters, and methodology are the same as in Sec IV.2.5.

Amplitude modulated chirp

We consider the monocomponent signal s 1 defined in Eq. (IV.33), modulated in amplitude. The effect of the chirplet window length on the results of the multiple CTs method, for taking into account amplitude modulation, has already been indirectly presented with convergence analysis (see Fig. IV.12) as it is considered into the amplitude modulation metric m A ∝ σ 2 defined in Eq. (IV.35). For a given number of computed higher-order moments, a longer window degrades amplitude estimation because the longer the frame, the more modulated the framed signal to analyzed is, in line with the time-asymptotic hypothesis.

Crossing ridges with constant amplitude

The signals s 2 and s 3 , defined in Eq. (IV.36), are considered. They have a constant amplitude and cross in the timefrequency plane at ω(t = 0.5 s) = 2600 Hz (see Fig. IV.13). The separation method described in Sec. IV.2.4.1 is applied in the denoising case (same as Eq. (IV.24)) with the CT parameters

ω 1 = ω 2 = φ ′ 2 (τ ) and β 1 = -β 2 = φ ′′ 2 (τ ).
The window length varies from T w = 10 ms to T w = 100 ms, which leads to σ ≃ 1 ms to σ ≃ 10 ms with Gaussian decrease. The computed values of SNR out (s 2 , s2 ), restricted to τ ∈ [0.3,0.7] to avoid side effects, are depicted in Fig. IV.18 (left). A larger window increases SNR out (s 2 , s2 ), up to a maximum value, indicating a better separation performance. 

Crossing ridges with modulated amplitude

We consider the signal s(t) = s 1 (t) + s 3 (t), with s 1 and s 3 previously described in Eqs. (IV.33) and (IV.36). The amplitude of s 1 is estimated using Eq. (IV.29), i.e., accounting both for ridge separation and amplitude modulation, with N = 5 computed moments. The window length variation is identical to the previous paragraph with constant amplitude. The computed values of SNR out (s 1 , s1 ), restricted to τ ∈ [0.3,0.7] to avoid side effects, are depicted in Fig. IV.18 (right).

Values of SNR out (s 1 , s1 ) are low for small values of window length σ. It reproduces results tendency for separation without amplitude modulation (see Fig. IV.18 (left)), with lower SNR out because taking into account amplitude modulation makes separation worse. SNR out (s 1 , s1 ) reaches a maximum and decreases for wider window length, reproducing results tendency of the multiple chirplets method for non-crossing amplitude modulated signals, in line with the time-asymptotic hypothesis. This behavior is in agreement with previous convergence analysis (see Fig. IV.17).

IV.2.7 Conclusion

Several methods using multiple chirplet transforms have been presented to deal with amplitude-modulated signal reconstruction and separation of components. We focus mainly on the quality of amplitude reconstruction assuming an a priori knowledge of the instantaneous frequency of each component. Relaxing the asymptotic time hypothesis of the amplitude signal (i.e. constant amplitude within the window support), we build a set of chirplet windows based on Hermite polynomials that enables the estimation of signal amplitude modulation with numerical stability. Introducing an amplitude modulation metric, the numerical results of convergence analysis show that an almost perfect reconstruction can be reached with a few computed higher-order CT moments, even for strong amplitude modulation. Constant amplitude crossing ridges in the time-frequency plan are perfectly separated using adapted chirp rates. The numerical study of separation accuracy shows that prior knowledge of instantaneous frequencies is crucial. Finally, we deal with amplitude-modulated crossing ridges and introduce an analytical method in a simplified case. Numerical results show limitations in reconstruction because of the compromise between separation and accounting in amplitude modulation and exhibit an SNR out optimum of chirplet transform order. Future studies should focus on the generalization of the method to deal with several jointly crossing ridges, and a better understanding of the compromise issue.

IV.3 Application to chirp/voice separation

We now re-introduce the measurement context, i.e. the characterization of vocal tract resonances with a linear swept-tone excitation at the lips. The multiple chirplet transform separation method is adapted to extract a linear swept-sine from a mixture with a voice signal. Signals for numerical results, presented in detail in Appendix C, are composed of a synthetic voice v(t) of the vowel [ae] with Klatt&Klatt flow source at fundamental frequency f o = 330 Hz (note E4), without vibrato, and a 1 s linear chirp s(t) between 80 Hz and 5500 Hz, with associated nonlinear higher harmonics (see Chap. II), filtered with the model of vocal tract response at the lips (see Fig. IV.19). Additional steps and signal processing are presented to adapt the method to the vocal tract resonances measurement, before numerical results are given for the applied separation method. 

IV.3.1 Separation method in context

IV.

Voice frequencies estimate

The multiple chirplet transform separation method has been presented in the case of two signals intersecting in the time-frequency plane in Sec. IV.2.4. The method needs information on the instantaneous frequency of both signals, i.e. φ ′ s and φ ′ v . The linear swept-tone trajectory is already known as it is the same for the synthesized excitation signal and the recorded swept-tone, with a measurement delay. However, the voice instantaneous frequency needs to be estimated. The voice is a multi-component signal and is considered harmonic:

v(t) = n>1
A vn (t)e jφv n (t) (IV.37)

The first step is determining the fundamental frequency, i.e. f o = φ ′ v 1 (t). As discussed in Sec. IV.1.2, the Yin algorithm (de Cheveigné et Kawahara 2002), based on autocorrelation of signals, is not adapted because it fails in dealing with intersections between voice harmonics and swept-tone. Linear interpolation, with additional random jitter (frequency variations), enables to fill the corrupted fundamental frequency estimates but with low accuracy compared to the precision -to the nearest Hertz -needed in the separation method (see Fig. IV.15).

In the context of recording, the singing voice sound pressure level is usually higher than that of the swept-sine. The protocol for human measurements may ask for a specific note from the singer. In such cases, the detection of spectrum maximum around the frequency of expected note can give more accurate results than other fundamental frequency detection algorithms. In practice, we compute the zoom Fast Fourier Transform (zoom-FFT) on a frequency domain of 100 Hz around the frequency of the expected sung note. Based on the chirp Z-transform [START_REF] Rabiner | The Chirp Z-Transform Algorithm[END_REF], generalization of the Discrete Fourier Transform, the zoom-FFT results in an optimally computed spectrum on a desired frequency bandwidth with a higher precision (frequency accuracy) than usual FFT, whose precision only depends on time signal length [START_REF] Shilling | A Study of the Chirp Z Transform and Its Applications[END_REF]. For example, the discrete Fourier Transform of a signal with m samples spaced by dt will give a spectrum with a frequency precision of 1/(m.dt).

The zoom-FFT of the same signal computed on bandwidth [f 1 ,f 2 ] has a frequency precision of |f 2 -f 1 |/m. In both cases, the number of samples m can be artificially increased with zero-padding technique, by adding zero points to the initial signal. However, frequency resolution (ability to distinguish two frequencies in a signal) is identical in both cases because it is only dependent on the non-zero signal length. Some errors in voice fundamental frequency are expected on crossing frames, especially if the swept-tone has a higher amplitude than the voice fundamental.

In our case, the voice fundamental frequency is estimated on the same frames as the multiple chirplet transforms method. The frame is lengthened with zero padding in order to compute the zoom-FFT with a number of points equal to the nearest power of 2 necessary to reach a minimum frequency precision of 0.01 Hz. For instance, 50 ms frames with f s = 44,1 kHz the sampling rate, and a bandwidth of 100 Hz around expected note (E3 at 330 Hz), the number of points of zoom-FFT is 16384 = 2 14 . An example of a spectrum calculated by zoom-FFT on a frame of the test signal presented at the beginning of Sec. IV.3.1 is depicted in Fig. IV.20. The voice fundamental frequency is estimated by the maximum of the spectrum for each analyzed frame. A low-pass filter (forward-backward order 2 Butterworth) with a 30 Hz cut-off frequency is applied to smooth the fluctuation of the estimates. The most important detection errors on the first frames are mainly due to interference between the voice fundamental and the swept-sine trajectory.

This approach based on the microphone signal only has the advantage to be based only on protocol knowledge. Using a synchronized electroglottographic signal could be much more accurate and robust in human measurement context [START_REF] Henrich | On the Use of the Derivative of Electroglottographic Signals for Characterization of Nonpathological Phonation[END_REF]. The voice has several harmonics that cross the linear swept-tone. Therefore, the separation method is performed along the linear chirp considering only the nearest voice harmonic in frequency. The voice signal is written as a sum of n harmonics in Eq. (IV.37). The considered voice harmonic number for the analysis frame p ∈ [1,P ] A limitation to this approach is that the chirplet window must not be too long in time so that its frequencies overlap only with one voice harmonic. For example, the chirplet window used in previous Sec. IV.2.5 has a duration of 50 ms with a Gaussian set to σ ≃ 5,2 ms. Its chirprate is 5420 Hz s -1 , so its frequency span is 5420 × 6σ ≃ 169 Hz considering 99 % of the Gaussian area. It means that with such a window length, a voice with a fundamental frequency lower than 169 Hz, will be inefficiently separated. The safest value could be set considering the total duration of the window, which leads to a minimum f o = 271 Hz. With such parameters, a voice with fundamental frequency under C#4 can not be well separated. 

IV.3.1.2 From signal amplitude to frequency response function

We consider the mixture signal presented at the beginning of Sec. IV.3.1. Assuming the swept-tone instantaneous frequency and voice harmonics frequencies estimate (Sec. IV.3.1.1) are known, the multiple chirplet transforms separation method is performed along the linear chirp trajectory. Each voice harmonic is assumed to be timeasymptotic with respect to the effective support of the analysis window (T f rame = 50 ms) with local phase approximated by its second-order limited expansion, so that the voice signal is expanded as:

v(t + τ ) = t≃0 n A vn (τ )e jφv n (t+τ ) ≃ t≃0 n A vn (τ )e j[φv n (τ )+tφ ′ vn (τ )+ 1 2 t 2 φ ′′ vn (τ )]
(IV.39) with instantaneous frequency φ ′ vn (τ ) = nf o (τ ) and associated vibrato φ ′′ vn (τ ) for each harmonic. There is no assumption on linear swept-tone (as in Sec. IV.2). We choose to decompose the analytical signal (reducing the negative frequencies to zero) with a complex amplitude that takes into account the phase shifts due to filtering so that the explicit exponential phase term contains the same phase as the reference swept-tone (excitation signal). Its amplitude is expanded on Hermite polynomials defined in Eq. IV.18 such that, from Eq. (IV.14) α s 0 (τ ) = A s (τ ):

s(t + τ ) = A s (t + τ )e jφs(t+τ ) = t≃0 K k α s k (τ )Φ k t σ e j[φs(τ )+tφ ′ s (τ )+ 1 2 t 2 φ ′′ s (τ )]
(IV.40)

The harmonics of the swept-tone (possibly induced by distortions in the excitation system) are safely omitted because of their negligible weight in the chirplet transform L(τ,ω,β), whose chirplet window is matching the instantaneous frequency and the chirprate of the main trend of linear chirp, i.e. ω = φ ′ s (τ ) and β = φ ′′ s (τ ). This is graphically depicted by the bowtie pattern (see Fig. IV.8): for ∆ω = (n -1)ω 0 and ∆β = (n -1)β 0 , G ∆β (∆ω) ≪ G 0 (0). For each frame with considered nearest voice harmonic n, with the family of chirplet windows defined Eq. (IV.17), the system of multiple chirplet transforms is written as: τ ) . . .

      α s 0 e jφs(
α s K e jφs(τ ) A vn (τ )e jφv n (τ )       = X       L f 0 (τ,φ ′ s (τ ),φ ′′ s (τ )) . . . L f K (τ,φ ′ s (τ ),φ ′′ s (τ )) L f 0 (τ,φ ′ s (τ ), -φ ′′ s (τ ))       , (IV.41)
in line with Eq. (IV.29), and solved as previously described in Sec. IV.2.4.

Amplitude estimate by frames

Analyses are carried out using frames of length 50 ms with 98 % overlap (same parameters as numerical results on chirplet method Sec. IV.2.5). Solving the system leads to an estimate of chirp amplitude A s (τ ) on each frame (see Fig. IV.22). In our case, this amplitude is complex and contains phase variation with respect to filtering. Using the amplitude modulation metric defined Eq. (IV.35), the maximum of the modulation is at the first anti-resonance around t = 0.12 s with a value m As ∈ [3.10 -4 ,4.10 -4 ]. The approximation is due to the difficulty to define the frequency of amplitude modulation. In line with previous convergence analysis (see Fig. IV.17), the number of computed higher-order moments is set to N = 7. The choice of N is analyzed with a global point of view of vocal tract resonances characterization in Sec. IV.3.2.2. Discrepancies around τ = 0.05 s are mainly due to errors made in voice fundamental frequency detection in previous Sec. IV.3.1.1 (see Fig. IV.20). Errors between τ = 0.12 s and τ = 0.15 s are due to interference between linear chirp and free oscillations produced at resonances. Errors are also related to amplitude modulation of the chirp and choice of the number of computed higher-order moments. Free oscillations and amplitude modulation When the chirp trajectory is close to a resonance frequency of the oscillator system (characterized here by its frequency response), some energy is injected in the mode. The energy injected in the mode is relaxed as induced free oscillations (at the resonance frequency). They vanish during the relaxation time determined by the mode damping. Such oscillations are particularly visible on a spectrogram as horizontal lines starting at the resonance frequencies on the chirp trajectory, if the resonance damping is small (see Fig. II.12 (upper right) for a spectrogram example of a metal waveguide measurement). These interference induce an apparent modulation of the amplitude of the chirp (beats between the chirp trajectory and the free oscillation at a resonance).

Free oscillations and chirplet method Free oscillations are not directly taken into account in the chirplet transform method as their frequencies (those of the resonances) are fixed in time and their trajectories do not coincide with the one of the chirp. However, they are indirectly recovered with the multiple chirplet transforms method taking into account amplitude modulation. Looking at chirplet atoms based on Hermite polynomials (see Fig IV.9), higher orders correspond in the time-frequency plane to beats between two complementary Gaussian chirplets separated with a fixed frequency. As a consequence, higher-order chirplet atoms, taking into account higher amplitude modulation, probe the time-frequency plane around the swept-tone trajectory: free oscillations, close to the chirp trajectory, are thus reconstructed indirectly. Note that this is not the case for voice harmonics thanks to the separation method. In other words, there is a duality between chirplet Gaussian windows modulated in amplitude with Hermite polynomials and atoms based on two close chirplets in the time-frequency place.

The multiple chirplet transforms method with separation could not be used for a resonator with low visco-thermal losses and high-quality factors because it would require the use of very high chirplet orders, degrading the estimate as both amplitude modulation and separation are considered. Hopefully, this is not the case for our application to the vocal tract. Here, the synthesized filter of the linear chirp has five times more losses than usual visco-thermal ones for hard-walled resonators, in line with data from [START_REF] Hanna | Frequencies, Bandwidths and Magnitudes of Vocal Tract and Surrounding Tissue Resonances, Measured through the Lips during Phonation[END_REF].

Time-frequency duality on chirp trajectory

The interpretation in time can also be interpreted in the frequency domain along the linear chirp. A frame centered in time τ corresponds to frequency φ ′ s (τ ), so that A s (τ ) is also the amplitude spectral density A s (φ ′ s (τ )). For a steady state, it is possible to directly interpret this spectral amplitude as the frequency response function of a non-linear dynamical system [START_REF] Suresh | Time-Frequency Equivalence Using Chirp Signals for Frequency Response Analysis[END_REF]. The steady-state for each frequency can be practically reached with a very long swept-tone (theoretically infinite), so that free oscillations duration is negligible compared to the order of magnitude of frequency change duration of the swept-tone. For the same reason, moderately to highly damped resonances giving short free oscillations and smooth amplitude modulation will lead to a better approximation of the frequency response as the amplitude spectral density along the swept-tone. However, in our case, the swept-tone is short and free oscillations duration is not negligible, even for the vocal tract which is a lossy resonator. We, therefore, can not directly identify the spectral amplitude A s (φ ′ s (τ )) of the frequency response, which is recovered finally with the deconvolution method after reconstruction of the filtered swept-tone.

Swept-sine reconstruction

The next steps dealing with original signal reconstruction are not required to compute the frequency response of the filter but can be useful to compare the separation method with other signal reconstruction algorithms: an estimated chirp signal is built from the estimated complex amplitude. For an analysis frame of 50 ms, there are 25 ms at the beginning and the end of the estimated amplitude (Fig. IV.22) that need to be extrapolated in order to recover a full-length signal with original sampling frequency. To prevent further side effects, fade-in and fade-out with the same parameters as the synthesized linear chirp are applied to extrapolate the amplitude estimate. The estimated complex amplitude is sampled at

1 T step = 1 kHz (IV.42)
with analysis step between frames T step = 1 ms corresponding to 99 % overlap. It is re-sampled to f s = 44.1 kHz with cubic spline interpolation. The phase of the estimated complex amplitude, containing only phase shifts due to filtering, is corrected with the phase of the perfectly known synthesized linear chirp, so that we reconstruct an estimated chirp signal without the voice signal (see Fig. 

Frequency response function computing

The frequency response function is computed from the estimated signal s with the deconvolution method presented in Sec. II.2: s deconv.

- Maxima errors concern parameters estimate of the first resonance, in line with previous error propagation from the estimated amplitude to the estimated filter. The error made on voice fundamental frequency estimate (see Fig. IV.20) is localized on first analysis frames and low frequencies, so it does not induce errors in modal analysis in this case. The differences between the estimated and original modal parameters on first resonance are mainly a consequence of compromise between the separation process and taking into account amplitude modulation to an order high enough, in line with convergence analysis Fig. IV.17 in Sec. IV.2.5.

IV.3.2.2 Separation method robustness

In order to evaluate the global performance of the proposed separation method on estimates of modal parameters, a multi-parameters analysis is performed. Test signals are generated on the previously synthesized mixture of voice and linear chirp (details on Appendix C), with associated nonlinear components that could be due to excitation line distortions, corresponding to a realistic measurement at the lips (see Fig. IV.19). We focus only on the estimate of modal parameters of the first resonance, which is the most sensitive case. The voice fundamental frequency, produced with the Klatt&Klatt flow source model, varies with f o ∈ [174, 220, 277, 349, 440, 554] Hz corresponding to notes [F3, A3, C#4, F4, A4, C#5]. Resonance bandwidths are induced by the generic model of visco-thermal losses for hard-walled waveguides with a transmission line model of synthesized filter for the geometry of vowel [ae]. For losses going from 1 to 27 times that of rigid walls, the bandwidth of the first resonance varies almost linearly from B R 1 = 12.7 Hz to B R 1 = 196.3 Hz. The multiple chirplet transforms separation method is performed with a number of computed higher-order moments from N = 0 to N = 10, and we extract the estimated frequency response. The frequency band around the first resonance for modal analysis is automatically set for the synthesized filter and the same band is used for the estimated one. The relative errors made on frequency and bandwidth estimates of first resonance for simulated configuration (f o and FRF) and number of computed higher-order moments are depicted in Voice fundamental frequency For both frequency and bandwidth estimates, the relative error increases as the voice fundamental frequency decreases, in line with limits on low voice fundamental frequency separation discussed in Sec. IV.3.1.1. For low f o , harmonics are close in frequency and chirplet window length may interfere with several of them, while the separation method considers by now only one crossing at a time. For a window length T f rame = 50 ms and the prescribed chirp, the frequency range of the chirplet matching the linear chirp ridge is B f rame = 271 Hz. When f o < B f rame , the separation method is not efficient and would require slower chirps. This limit is more critical for resonance bandwidth estimate than for frequency estimate as depicted in Fig. IV.26. For f o = 174 Hz and f o = 220 Hz, bandwidth estimate fails whatever the value of other variable parameters, whereas for f o = 220 Hz frequency estimate has a low relative error for a low number of computed higher-order moments. However, as discussed in Sec. IV.2.6, a shorter window length will not produce better results. For f o = 349 Hz, the second voice harmonic is close to the first resonance (R 1 : 2f o tuning) causing increases of bandwidth estimate relative error compared to other fundamental frequencies.

Number of computed higher-order moments and resonance bandwidth

Increasing the number of computed higher-order moments should lead to a better estimate of amplitude modulation and therefore of resonances, particularly resonances bandwidth. However, it can decrease separation efficiency, in line with convergence analysis depicted in Fig. IV.17. For f o = 220 Hz, a number of computed higherorder moments above N = 5 clearly increases the relative error of frequency and bandwidth estimate. Ignoring amplitude modulation (N = 0) leads to an overestimation of resonance bandwidth. For f o = 554 Hz and f o = 359 Hz, higher N decreases relative error of bandwidth for bandwidths around B R 1 = 50 Hz. For wide resonance bandwidth, increasing N leads to a worse relative error in both frequency and bandwidth. Bandwidths below B R 1 = 50 Hz (which is not the case for vocal tract resonances) are underestimated in all cases because the associated amplitude is too strongly modulated and would need a higher number of computed higher-order moments N , but this would lead separation to fail.

Those results are general tendencies of the separation method on automatic computing. For each case, manual adjustments of the number of computed higher-order moments and of the frequency range defined for modal analysis can lead to better performance. Considering values of bandwidth and voice fundamental frequency for which relative errors are low, the method is suitable for the study of the singing voice (except for the bass tessitura).

IV.4 Conclusion

The source separation issue between the characterization signal (swept-tone) and the voice signal, for measurements during a vocal gesture, has been presented. Resonance adjustments can be studied without separation because both resonances and voice harmonics are visible in the frequency response of the vocal tract. Signal separation algorithms in the literature are mainly based on smoothing and filtering, which degrades the bandwidth of resonances. Considering signals in the time-frequency plane, the characterization signal is localized on a ridge, whose instantaneous frequency is known, and is crossed by voice harmonics.

We proposed a method based on the chirplet transform, taking advantage of the chirprate dimension (derivative of the instantaneous frequency), to separate crossing ridges in the time-frequency plane. Multiple chirplet transforms, based on Hermite polynomials to ensure numerical stability, are computed to recover the amplitude modulation on the ridge of the characterization signal (linear chirp in the present manuscript).

The method is then applied to the measurement context with a mixture composed of a linear chirp and a voice signal, which is considered harmonic. The block diagram in Fig. IV.27 summarizes the algorithm steps to extract the linear chirp from the mixture. Additional deconvolution and swept tone correction processes with closedmouth calibration are used to recover the frequency response of the vocal tract and to perform modal analysis. The limitations identified, such as low voice fundamental frequencies and narrow bandwidth, do not, in most cases, hinder the use of the method to study the singing voice. 

V.1 Study context, protocol, and database

V.1.1 Extreme Mix Voice and modern singing study

The acoustic measurements presented in this chapter are part of a larger research conducted by Nathalie Henrich Bernardoni investigating mix voice in modern singing [START_REF] Bernardoni | Standard and Extreme Mix Voice in Modern Singing[END_REF]. Some insights in mix voice have been presented in Sec. I.1.1. This is a term used to describe the register and vocal adjustments that singers adopt to make a smooth transition between sounds produced in M1 and M2 laryngeal mechanisms, i.e. for singing in the so-called passagio. The following information is based on an interview conducted on April 18th, 2023, and on personal written correspondence.

Antonio Di Corcia, singing teacher, has been developing for 18 years what he calls the Extreme Mix Voice (EMV). It refers to both its training singing courses, the science-based singing method, and a particular type of mixed voice where the acoustic perception of full voice is maintained throughout the vocal range (3 octaves and a half). According to Di Corcia, mixed voice is a production, called emission, with dynamical control of the transition M1-M2. The term "Extreme" is not synonymous with extreme vocals. Extreme mix voice is obtained thanks to the same supraglottal structures involved in distortion (ventricular folds), but specialized in producing a different effect. These structures are "domesticated and kept at a safe distance" by EMV Procedure, which is a set of several exercises for the vocal gesture to reach extreme mix voice. The following terminology (abbreviation) is used for the different emissions:

chest, no mix in M1 standard mix 1 (stdmx1), (light) mix in chest-like voice, without ventricular activity extreme mix 1 (extmx1), (strong) mix in chest-like voice, with ventricular activity standard mix 2 (stdmx2), (light) mix in head-like voice, without ventricular activity extreme mix 2 (extmx2), (strong) mix in head-like voice, with ventricular activity head, no mix in M2

The purpose of EMV is to provide voice teachers and singers with useful tools for developing mix voice technique. To achieve this goal, EMV continuously seeks insights from multidisciplinary research and never considers its tools to be well-defined, but always in the process of being verified.

A recording session was held in San Salvo, Italy, between August 23 and 29. Six female and five male singers participated in the study. Several devices were used to simultaneously perform physiological and acoustic measurements: electromyography for activation of muscles; respiratory plethysmography for chest and abdominal wall movements; electroglottography for vocal folds contact area; oral and nasal airflow with EVA workstation 1 ; oral and nasal endoscopy; microphone for voice signal and camera for general movements. Vocal tract resonances have also been measured, in a separate task, with the method developed in this thesis. The resonances measurement was performed simultaneously with electroglottography and the session was videotaped. In this manuscript, we focus only on the measurement of the resonances.

V.1.2 Acoustic measurement protocol and database

The objective of the resonance measurement was to explore the acoustic adjustments that could be used to produce the different emissions. The equipment used is detailed in Sec. II.1.3. The excitation source (capillary output) was positioned at the lips and attached to a headset frame so that head movements do not change the relative position of the excitation with respect to the lips. The microphone, also fixed onto the headset frame, was positioned at around 5 cm from the lips. The excitation signal was a linear chirp with the following parameters: initial frequency f initial = 80 Hz, final frequency f f inal = 5500 Hz, duration T chirp = 1 s, fade-in and fade-out duration T f ade = 50 ms.

The participants were asked to: close the mouth (calibration), then for a given note (played on a piano synthesizer), for each emission (chest, stdmx1, extmx1, stdmx2, extmx2, head), sing the vowel [a] during approximately 2 s until the end of the excitation signal (measure in phonation condition) and then close the glottis (apnea gesture) without moving the articulation (measure in closed glottis condition) and finally relax after the end of the excitation signal. The measurement sequence is illustrated in Fig. V.1. The task was explained in detail and a few trials were performed to get participants used to the task and to the excitation at the lips. The singing teacher confirmed that the emission was the one asked for in each recording. A closed-mouth calibration was repeated between consecutive notes, so it is the same for several emissions on the same note. However, a new calibration was carried out when a position shift of the excitation source and/or the microphone was noted and judged too important, in line with results from Chap. III. The recording was started manually as soon as the subject started singing for the measurement during phonation, and as soon as she/he stopped singing and closed the glottis for the measurement in closed glottis condition.

We chose a task with sustained notes because we preferred to make accurate and reliable estimates of resonance during phonation, consistent with the limitations of the separation method. The duration of the sustained note does not exceed 2 s and the measurement is performed in 1 s, which makes the hypothesis of a stationary resonator reasonable.

The database information on participants and records is presented in Table . V.1. Two participants in the overall study (SM2 and SF1) were not recorded for resonance measurement because of the relatively short time available. This time issue explains also the different number of notes asked of each participant. SF4 was not able to accurately produce the different mix emissions, according to the singing teacher. They are thus noted as mix. A total of 238 measures have been performed, one half in phonation condition and the other half in closed glottis condition, including some repetitions of the same note and same emission that are not detailed in the table. Throughout the subsequent sections, the term "measurement" refers to the two measures, in phonation and in closed glottis conditions, performed for a given note and a given emission.

V.2 Analysis methods and measurements overview V.2.1 Analysis methods

The frequency response at the lips is computed from recordings for each emission produced by singers, on each note, in both conditions: during phonation, which is denoted H voice lips , and in apnea (participant being asked to close his glottis), which is denoted H cg lips . The separation method presented in Chap. IV, and detailed in an example in Sec. IV.3, is applied to the voice and chirp mixture measured during phonation to extract the characterization signal. The multiple chirplet transforms analysis is performed with the following parameters: duration of analysis frames T f rame = 50 ms with σ f rame ≃ 5 ms, 98 % overlap, and the number of computed higher-order chirplet is set manually (ranging from N = 0 to N = 4) to optimize the separation process with respect to the SNR and the fundamental frequency. The higher the order, the more reliable the resonant bandwidth estimates, but a high order can degrade the separation process, as discussed in Sec. IV.3.2.2. The separation method provides the extracted characterization signal, which is processed to compute a frequency response at the lips, measured during phonation, without voice harmonics that have been removed, which is thus denoted H 

V.2.2 Groups of measurement results

The measurement results are categorized into four groups according to the behavior of the two first vocal tract resonances in both phonation and closed glottis conditions.

A first subset (S1: 10 measurements) groups frequency responses at the lips that are similar in both measurement conditions, with a first resonance R 1 below 1 kHz and a second resonance R 2 between 1 kHz and 2 kHz. A measurement example, with the raw frequency response with voice H voice lips , the frequency response after the separation process H A second subset (S2: 19 measurements) also exhibits R 1 below 1 kHz and R 2 between 1 kHz and 2 kHz, but the first resonance is small in amplitude compared to the second, in both phonation and closed glottis condition. Such a case is illustrated in Fig. V.3. The task is also considered successful in this second subset because there are only small differences in the first two resonances between the phonation and closed glottis conditions. lips exhibits a first resonance R 1 below 1 kHz and a second resonance R 2 between 1 kHz and 2 kHz. In the frequency response measured during the apnea gesture H cg lips , no resonance is detected below 1 kHz, and a resonance appears between 1 kHz and 2 kHz 2 . We consider the task unsuccessful because the singer changed the position of the articulators from phonation to closed glottis. Such behaviors are further discussed in Sec. V.2.3.

The fourth subset (S4: 33 measurements) concerns frequency responses, in both conditions, in which no resonance below 1 kHz is visible, and whose expected second resonance R 2 exhibit between 1 kHz and 2 kHz. Such a case is illustrated in Fig. V.5. In this situation, the task could be considered as successful as no major difference is detected between phonation and closed glottis frequency responses. However, it is unexpected that only two resonances show up in the studied frequency range (100 -5500 Hz). This behavior is discussed below.

2. The resonance numbering is maintained according to the expected frequency range for clarity: R 1 below 1 kHz and R 2 between 1 kHz and 2 kHz, even if no first resonance is detected. There are only 29 measurements (out of 119) in the first two subsets (S1 and S2), with two resonances visible below 2 kHz for both phonation and closed glottis conditions, and a successful task. Their frequency responses in closed glottis condition, which are similar to the ones during phonation, are further studied in Sec. V.3. The low percentage (24 %) of measurements in these subsets indicates that the act of closing the glottis while maintaining static articulators is not easy for a majority of participants. This problem has been reported even when dedicated training is carried out to learn the gesture [START_REF] Jeanneteau | A Real-Time Feedback System for Vocal Tract Tuning[END_REF]. Therefore, it is all the more important to be able to measure the resonances of the vocal tract during phonation, without requiring an additional gesture from the singers.

The third and fourth subsets (S3 and S4), which have only two resonances in the studied frequency range, either in the closed glottis condition only or in both conditions, comprise 84 measurements. Such frequency responses have been reported to correspond to a lowered velum and nasal phonation [START_REF] Jeanneteau | Using Visual Feedback to Tune the Second Vocal Tract Resonance for Singing in the High Soprano Range[END_REF]. The emissions produced by the participants in our study could be subjectively considered nasal (no specific measure of nasality is presented here), and the EMV procedure is based on several exercises with nasal sounds. Velopharyngeal opening (VPO) could therefore be a key component of the Extreme Mix Voice method. This hypothesis is not explored further in this manuscript, as it would involve numerical and experimental investigations into what exactly is measured with excitation at the lips during VPO, and this is beyond the scope of this chapter. However, we propose hereafter a simple model that could explain the shift in resonances in the third subset between the phonation and closed glottis conditions. The characteristics of the first two resonances in the phonation condition for all subsets are studied in Sec. V.4.

V.2.3 Effect of a velolingual closure

We aim to propose a simple model to explain the behavior of the third subset (S3). The effect of a lowered velum is studied numerically. We focus on the effect of the constriction between the velum and the back of the tongue, without taking into account the effect of the nasal cavities. From the vocal tract geometry of the replica of vowel [a] described in Sec. III.16, the inner radius at the midpoint of the tract length (8 cm) is decreased by step. The closure ratio ranges from 0 (no change from initial geometry) to 1 (complete closure). The theoretical frequency response at the lips is computed for each closure ratio step, as depicted in ). These results are in agreement with the video analysis that shows backward tongue movement for several participants. To a lesser extent, such a model with an intermediate velum closure ratio could also explain the relatively low first resonance corresponding to the second subset. However, in line with the previous discussion, a more realistic model should include the acoustic effect of a velopharyngeal opening because a lowered velum implies that the nasal cavities are coupled to the pharynx. A velolingual closure is modeled as a reduction of the inner diameter at the midpoint (x = 8 cm) of the replica length, for a closing ratio ranging from 0 (no constriction) to 1 (completely closed). The frequency response measured at the lips H num lips is numerically computed for each geometry.

V.3 Resonances characteristics from the closed glottis condition to phonation

We now focus on the results obtained for the subsets S1 and S2, for which the frequency responses at the lips in both conditions (phonation and closed glottis) are relatively similar, exhibiting two resonances below 2 kHz. The advantage of frequency responses in the closed glottis condition is that they are clean (no voice harmonics) and that there is no limitation in the characterization of resonances, unlike the case of phonation which may depend on the tuning of the separation process. First, the modal parameters of these first two resonances in the closed glottis condition are studied, then their differences from those in the phonation condition are shown. The frequency of R 1 and R 2 ranges approximately from 600 Hz to 900 Hz and from 1200 Hz to 1600 Hz, respectively. Such low values are expected for the vowel [a] and it can be assumed that higher values are due to differences in vocal tract length according to each subject and to some singing adjustments. Except for some outliers (in subset S2 when the first resonance is difficult to identify), the bandwidth of R 1 and R 2 ranges approximately from 30 Hz to 100 Hz and from 50 Hz to 150 Hz, respectively. The low values mainly concern the subset S1, and higher values S2. Those values are comparable to, but slightly higher than, data obtained with the measurement of the impedance seen from the glottis [START_REF] Hanna | Frequencies, Bandwidths and Magnitudes of Vocal Tract and Surrounding Tissue Resonances, Measured through the Lips during Phonation[END_REF], because of the radiation of the vocal tract that induces larger resonance bandwidth at higher frequencies.

V.3.1 Resonances in the closed glottis condition

Because of the small number of measurements in S1 and S2 for each subject, we then focus only on the results from SM1 that have some consistency with 15 measurements in S2 and 1 measurement in S1. The modal parameters of the first two resonances in closed glottis condition are depicted, according to the mean f o during the measurement while phonating, in Fig. V.8. There is no head emission result here, in closed glottis condition, because they are classified as S3.

Regarding its frequency, the first resonance is quite stable around 800 Hz with respect to the pitch and the emission. The second resonance frequency remains around 1200 Hz whatever the singing note in chest. In the mix emissions, f R 2 is always higher than in chest, which could indicate a more forwardly placed tongue. There is no evidence of resonance tuning, which is expected for the low medium notes in the male voice, at least in classical training [START_REF] Bernardoni | Vocal Tract Resonances in Singing: Variation with Laryngeal Mechanism for Male Operatic Singers in Chest and Falsetto Registers[END_REF]. Except for the two outliers (chest and stdmx1 at F3), the bandwidth of the first resonance is a little higher in chest than for the mix emissions, and inversely for the bandwidth of the second resonance. B R 2 is always higher for the extreme mix emissions than for chest and standard mix. The lack of data does not allow us to deepen the analysis in closed glottis condition. 

V.3.2 Differences in resonances between closed glottis and phonation

The effect of the glottal condition on the resonances, as a resonator boundary condition, has been presented as a level 2 source-filter interaction in Sec. I.1.3. We hereafter compare the modal parameters measured in the closed glottis condition and in the phonation condition. In the latter case, the separation method has been applied as indicated in Sec. V.2.1, with a manually chosen number N of computed higher order chirplets, as a compromise between efficient separation and amplitude modulation reconstruction (see Sec. IV.2.5). In line with the numerical results from Sec. IV.3.2.2, we consider that the resonance bandwidths are reliably estimated when N ≥ 3. A subgroup of 8 measurements respecting this condition is thus extracted from S1 and S2, so that statistical results can be considered reliable. The proportional change in modal parameters of this subgroup between closed glottis and phonation is shown in Fig. V.9. In the measurement sequence, the subject started with the phonation gesture and then closed the glottis, but the results are presented from closed glottis to phonation to facilitate comparison with the literature.

The frequency of the first resonance is 16 % higher on average in phonation than in closed glottis condition. This result is in line with in-vivo measurement with excitation at the larynx [START_REF] Pham | Caractérisation Acoustique Du Conduit Vocal : Fonctions de Transfert Acoustique et Sources de Bruit (Étude Des Voyelles Chuchotées et Des Consonnes Fricatives Non Voisées)[END_REF], in-vitro measurement of the first resonance frequency with respect to the open quotient [START_REF] Barney | The Effect of Glottal Opening on the Acoustic Response of the Vocal Tract[END_REF]) and comparison with formant estimation on vocal tract replicas with respect to the peak glottal area [START_REF] Birkholz | How the Peak Glottal Area Affects Linear Predictive Coding-Based Formant Estimates of Vowels[END_REF], who reported an increase of the first resonance frequency compared to a closed glottis condition. The frequency of the second resonance is similar in both conditions. The bandwidth of the first two resonances is higher by an average of 175 % and 133 %, respectively, in phonation than in closed glottis. Such increases have been reported with similar values (from 40 % to 140 % for R 1 and R 2 ) from measurement with an excitation at the larynx [START_REF] Pham | Caractérisation Acoustique Du Conduit Vocal : Fonctions de Transfert Acoustique et Sources de Bruit (Étude Des Voyelles Chuchotées et Des Consonnes Fricatives Non Voisées)[END_REF], and with more moderate differences (90 % for male R 1 , 60 % for male R 2 ) from impedance at the lips measurement [START_REF] Hanna | Frequencies, Bandwidths and Magnitudes of Vocal Tract and Surrounding Tissue Resonances, Measured through the Lips during Phonation[END_REF]. The size of the standard deviation in relation to the small number of measurements (8) implies however to be cautious before drawing any general conclusion on bandwidth at this step.

V.4 Resonances characteristics in the phonation condition

We now focus on the results in the phonation condition, including all the measurement subsets. Modal parameters estimate of the first two resonances for all measures during phonation (119) are shown in Fig. V.10. The resonance of group S4 (that does not have a visible first resonance), detected around 1500 Hz (see example in Fig. V.5) is considered as a second resonance in the analysis (circle marker), assuming that the measurement method fails to detect a low-amplitude resonance below 1 kHz that could be masked in the frequency response noise. The modal parameters are sorted according to the reliability of the estimate, consistent with the numerical results of the separation method presented in Sec. IV.3.2.2. The estimate is uncertain if the fundamental frequency is less than 200 Hz (red marker) or if the number of computed higher-order chirplets is less than 3 (empty marker). In other words, the reliable results are marked with a filled-in green square. Except for a few outliers with low B R 1 (red unfilled markers), high f R 1 (green unfilled marker), or extreme f R 2 (red unfilled markers at low frequencies, green unfilled marker at high frequency), the results are relatively clustered regardless of the reliability of the separation process. This indicates that the modal parameters estimated within the limits of the separation method are still relevant. They are thus included in the rest of the analysis. We observe an overall tendency for B R 2 to increase with f R 2 , ranging from 100 Hz to 400 Hz for frequencies from 1200 Hz to 1700 Hz. This could indicate that the quality factor (Q R = f R /B R ) of the second resonance is relatively constant. Further analyses of modal parameters as a function of pitch and vocal emission are presented below.
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V.4.1 Resonances and pitch

We focus on the relationships between the modal parameters and the voice fundamental frequency, with respect to the vocal emission. The frequency of the first two resonances f R 1 and f R 2 , measured during phonation for all subjects, according to the mean fundamental frequency f o and for each emission, are depicted in Fig. The frequency of the first resonance ranges from around 600 Hz to 900 Hz for low notes and from 800 Hz to 1200 Hz for the highest studied note (A4 at 440 Hz). So it globally increases with the pitch whatever the emission. For higher pitches, the first resonance frequency is above the second voice harmonic on average. For low notes (F3, G3, A3), the first resonance frequency is generally lower in chest than in other emissions. Extreme mix emissions show higher f R 1 , a point is made on that behavior below with further analysis on each emission. A cluster from the results of SM5 is found at D4 (293 Hz) on the second voice harmonic 2f o , except for extmx2 and head.

The frequency of the second resonance also shows an increasing trend as the pitch rises. This is particularly clear between D4 and F4 where, for all emissions, f R 2 is equal to or greater than 4f o . For low notes, f R 2 in chest is always lower than for the other emissions. As previously discussed for the closed glottis condition, this trend could indicate a specific forward placement of the tongue for mix emissions. The second resonance frequency for extmx2 is the highest from D4 to G4.

The bandwidth of the first two resonances B R 1 and B R 2 , measured during phonation for all subjects, according to the mean fundamental frequency f o and for each emission, are depicted in Fig. V.12.

No clear trend is observed with respect to the bandwidth of the first resonance, ranging in average from 100 Hz to 300 Hz for all emissions and notes. However, the second resonance bandwidth tends to increase with the fundamental frequency, in accordance with the increase of f R 2 already reported in Figs. V.10 and V.11. It is between 100 Hz and 200 Hz for F3 and between 150 Hz and 300 Hz for A4. Mix emissions seem to have larger B R 2 than chest and head, this is particularly visible at F4 and G4.

V.4.2 Resonances and vocal emissions

Finally, we investigate the differences in the modal parameters of each emission independently of the sung note. The mix emissions have a higher first resonance frequency, except stdmx2 whose f R 1 is similar to that of the head, i.e. slightly lower than that of the chest on average. The second resonance frequency in chest and head is lower than in mix emissions. Extreme mix (extmx1 and extmx2) have the highest f R 1 and f R 2 and extmx1 shows the largest standard deviation in both resonance frequencies. Those results could be interpreted as a wider jaw opening in mix emissions, except for stdmx2, and a more forward tongue, particularly for extreme mix. However, video analysis for SM1 (teacher) does not highlight such articulation difference while such resonance frequencies results The bandwidth of the first resonance is higher on average in stdmx2 than in the other emissions, with the largest standard deviation. This result is consistent with the sparse and scattered stdmx2 data shown in Fig. V.12 (bottom). The bandwidth of the second resonance is slightly lower in chest and in head than in mix emissions.

Extreme mix 2 has the highest second resonance bandwidth. Statistical tests, following recommendations from [START_REF] Wasserstein | Moving to a World Beyond "p < 0.05[END_REF], should be performed for further analysis and interpretation. In addition, the literature has focused on the relationship between articulation and resonant frequencies, but studies on resonant bandwidths are rare.

V.5 Conclusion

The method of measuring vocal tract resonances developed in this Ph.D. thesis, and described in previous chapters, has been applied to the study of modern singing emissions. The acoustic measurements are part of a larger study investigating the Extreme Mix Voice singing method from Antonio Di Corcia. Extreme Mix Voice aims to provide a perception of full voice over the entire tessitura and to deal with the passagio between the laryngeal mechanisms M1 and M2, in modern (pop and rock) singing. It is based on several types of vocal emissions chest, standard mix 1 and 2, extreme mix 1 and 2, and head.

In this chapter, we have investigated the characteristics of the first two resonances of the vocal tract for each emission on several notes in 9 participants in two situations: during phonation and in a closed glottis condition. The recording during phonation has been processed with the separation method, presented in Chap. IV, to remove the voice harmonics from the frequency response at the lips. The measurements have been sorted into four subsets according to the behavior of the first two resonances and the success of the task (transition from phonation to apnea without change in the position of the articulators). The unexpected absence of a first resonance in closed glottis condition below 1 kHz, shown in 76 % of the measurements, has been related to a probable velolingual closure using a numerical model.

Frequencies and bandwidths of the first two resonances in closed glottis condition when the task is successful are comparable to the values found in the literature. Focusing on the teacher results in closed glottis condition, the second resonance frequency and bandwidth are both higher in mix emissions than in chest, particularly for the bandwidth in extreme mix. The study of the difference in modal parameters between closed glottis and phonation shows that the first resonance frequency is higher by 16 % and that the bandwidth of both resonances is higher by 150 % on average during phonation.

Modal parameters of the first two resonances in phonation condition have been verified according to the limitations of the separation method (low pitch and low number of computed higher order chirplets). The bandwidth data presented are, to our knowledge, the first in the literature concerning the characterization of the resonances of the radiating vocal tract without any assumption of glottal condition or articulation constraint. Some trends according to the pitch and the vocal emission have been highlighted: the resonance frequencies are higher in mix emission (except for f R 1 in stdmx2), and the second resonance bandwidth is greater in mix emission. Further analysis of each resonance measurement, as well as statistical methods and crosschecking with other physiological and acoustic measurements, should be performed.

General conclusion

The purpose of the work presented in this manuscript was to develop a non-invasive measurement method (device and signal processing), to characterize the resonances of the vocal tract in singing. Compared with the experimental technique with excitation at the lips described by [START_REF] Epps | A Novel Instrument to Measure Acoustic Resonances of the Vocal Tract during Phonation[END_REF], improvements in the methodology and the signal processing have been made. Progress in the understanding of the measurement model, its implicit assumptions, and related limitations were presented. Progress has been made in estimating reliable vocal tract resonance data from measurement at the lips. An innovative separation algorithm has been proposed to extract the characterization signal from the mixture containing also voice signal. The overall measurement method has been numerically and experimentally tested in-vitro, and validated throughout this thesis. It has been finally used in-vivo for a preliminary study of modern singing acoustics. We hereafter summarize the main results and propose some perspectives.

Results overview

The measurement principle consists of a closed-mouth calibration and an openmouth effective measure. The model measurement, proposed by [START_REF] Epps | A Novel Instrument to Measure Acoustic Resonances of the Vocal Tract during Phonation[END_REF], has been formally established from the radiation coupling theory between the vocal tract and the excitation waveguide (capillary), whose open end is located close to the lips, and experimentally validated (Sec. II.3). The measured frequency response at the lips can be modeled as the input impedance of the vocal tract seen from the lips in parallel with the tract radiation impedance, normalized by the tract radiation impedance. The use of "impedance measurement at the lips" vocabulary in this case (pressure measurements only) appears not to be suitable and should be reserved for direct impedance measurement. Indeed, the measured response, as a ratio of the open and closed-mouth acquisitions, has a modeled physical interpretation but it would be difficult to model and interpret each acquisition separately. A better name would be, explicitly, the measurement of the frequency response of the vocal tract to excitation at the lips. The measured frequency response exhibits resonances closely followed by anti-resonances because the measurement position at the lips corresponds to the pressure node. Performing modal analysis, using the circle fitting method adapted from the one proposed by Kennelly, has been shown to suitably estimate both the frequency and the bandwidth of the resonances. The estimated modal parameters are numerically identical to those of the voice transfer function, demonstrating that the measurement method can provide reliable in-vivo data of both resonance frequencies and bandwidths.

The aim of the measurement device sets the constraints on the hardware and the excitation signal. The nonlinear distortion of the acoustic source at a high sound pressure level produces harmonics of the excitation signal. We use a swept-sine signal, either linear or exponential, enabling us to get rid of the source harmonics thanks to the deconvolution processing and the windowing of the linear impulse response in the time domain (Sec. II.2). The sweep ranges from around 100 Hz to 5 kHz to focus on the first five resonances, in the plane wave approximation inside the vocal tract. It lasts 1 s as a compromise between the stationary time scale of the singing voice and performances of the chirplet-based separation method. The excitation source can be reasonably considered as a point source at the output of a capillary. This requires particular attention to prevent interference due to the radiation from the body of the compressor or from the deformation of the capillary. It is optimally positioned at 1 mm from the lips, with a 5 mm maximum distance to perform an accurate measurement (Sec. III.1). We have highlighted a proximity effect when the microphone is placed at the lips, jointly with the excitation, that can be interpreted as face movements between the closed-mouth condition and the open-mouth condition. We have shown that a measurement with a distant microphone does not change the measurement model but may suffer from other drawbacks (Sec. III.2). We have thus proposed to put the microphone at 5 cm from the lips as a good compromise between signal-to-noise ratio and proximity effect, reducing discrepancies between measure and model.

A systematic benchmark of the experimental method has been performed on an idealized vocal tract, in the present work a cylindrical metal waveguide closed at the glottis (Sec. III.1). The resonance frequencies and bandwidths are estimated with an overall standard deviation of 4 Hz. Compared to numerical results from transmission line theory with visco-thermal losses, measured frequencies, and bandwidths are slightly underestimated of around 6 cents and overestimated of 10 %, respectively. Those differences may be explained by the damping of the 3D-printed cap, that closes the waveguide at the glottis level but is not taken into account in the numerical model. The measurement method with excitation at the lips has also been tested on simplified replicas of vowels [a], [e], [i], [o], and [u] (Sec. III.3). Estimates of resonance frequencies and bandwidths are in agreement with those from input impedance measured by means of the CTTM impedance sensor, demonstrating that the measurement method at the lips provides a robust characterization of the resonances for several vowel configurations. However, we have shown, experimentally and numerically, that the closed vowels lead to an impedance matching at the lips, causing a visibility issue on some resonances. This problem should be solved by using intraoral microphones, improving the robustness of the characterization of resonances.

Measurements made during phonation lead to vocal tract frequency responses polluted by voice harmonics. Taking advantage of a priori knowledge of the signals, a time-frequency method has been developed to separate the characterization signal from the recorded mixture at the lips during a measurement during phonation (Sec. IV.2). Multiple chirplet transforms are applied along the swept-sine trajectory in the timefrequency plane. Chirplet atoms are based on local swept-sine windowed by Hermite functions (the Gaussian and its derivatives). They are used to analytically recover the amplitude modulation while separating the voice harmonics from the characterization swept-sine, with contrary chirprates. Numerical results on two crossing ridges signals demonstrate that the characterization signal is almost perfectly reconstructed, without the voice harmonics, with a maximum relative reconstruction error lower than 10 -2 . The application of this separation method to synthesized voice and response at the lips shows that resonance frequencies and bandwidths are estimated with less than -0,5 % and 8 % deviation error, respectively, from those of the synthesized filter (Sec. IV.3). The method is currently limited to voice fundamental frequency greater than the analysis frame bandwidth (around 250 Hz for the parameters used in this manuscript), which is not a problem for singing voice studies. Further improvements could be obtained by generalizing the proposed method to handle several voice harmonics within the analyzed frame and to extend its use to speech frequencies.

We have presented the vocal tract as a dynamical resonator, with resonances changing quickly according to the articulation in speech and singing, with vowel duration ranging from 100 ms to 600 ms. Currently, there is a trade-off between real-time measurement and the accuracy of modal parameter estimation due to the signal-to-noise ratio (in this case excitation-to-voice ratio) during the measurement. In addition, the time-frequency analysis proposed for the separation of the voice during phonation measurement imposes some constraints that lead to a current measurement time of 1 s. It is already four times fewer than in previous studies using this measurement method with a broadband excitation, leading to a more reasonable assumption of a stationary resonator. Otherwise, swept-sine excitation could be used in near real-time with closely repeated measurements.

Finally, the measurement method has been applied to the study of modern singing emissions, as part of an investigation on Extreme Mix Voice (Chap. V). We have categorized measurements into four subsets based on the behavior of the first two resonances in the phonation condition and in the closed glottis condition. Out of 119 measurements, only 24 % were considered as successful tasks, indicating the difficulty of closing the glottis while maintaining fixed articulators. Change from closed glottis to phonation induces a higher first resonance frequency (+16 %) and larger bandwidths (+150 % on average), in line with the literature. Modal parameters of the first two resonances measured during phonation have been presented and some tendencies have been extracted as a function of pitch and vocal emission: in mix emission, the resonance frequencies are higher and the bandwidth of the second resonance is larger. Further analysis should be performed and cross-referenced with physiological measurements.

Perspectives

The first perspective of the measurement method that we proposed is its use to provide reliable in-vivo data of resonance frequencies and especially bandwidths that we have shown to be accurately measured with suitable modal analysis. Such data would give better insights into the source-filter interactions because the method does not rely on any assumption on the glottal condition and does not constrain articulation. A direct study of the laryngeal conditions on the vocal tract resonances could be performed on a dynamic replica of a larynx with vocal folds. Some in-vitro investigations are still needed on specific points to improve understanding and interpretation of some measures. For instance, the effects of a velopharyngeal opening on the measured frequency response at the lips should be studied experimentally and numerically. Such a study will give some clues to better understand the singing emissions measured in Extreme Mix Voice.

In terms of further improvements to the device, resonances could be measured with better visibility using intra-oral microphones, at the cost of some intrusion. MEMS microphones on a dental splint should minimize the modification of the vocal tract acoustics and the discomfort. That should be part of the project ANR RAYOVOX 3 in the next few years. The excitation system should be adjusted to perform better in the low-frequency range and to be smaller, which are usually opposing constraints. The use of a piezoelectric buzzer such as those in smartphones is attractive but an optimization has to be made so that it could produce low frequencies and act as a point source. Positioning of the source inside the vocal tract could also be considered (as proposed in project ANR GEPETO 4 ). These improvements could also make it possible to adapt the device to the measurement of vocal tract resonances of wind instrument players.

The multiple chirplet transforms method should be adapted to the exponential swept-sine to overcome the lack of excitation energy in the low-frequency range. This work could be based on a local approximation of the exponential by a linear segment. A more robust separation method could allow for real-time measurement, which is currently constrained by the time-frequency analysis, in order to better capture the dynamical aspect of the resonator. A large database of resonances measurement at the lips, with speech and singing, should be recorded with the developed measurement device and the separation technique so that deep learning algorithms can be trained on real data and tested to overcome the current limitations.

Combined with other tools such as electroglottography and magnetic resonance imaging, the measurement of vocal tract resonances offers a non-invasive and independent technique to study the relationships between the glottis condition, the articulation, and the acoustics. The improvements in the method that have been described in the present document should therefore provide experimental tools to make a step forward in the understanding of voice production.

" The Show Must Go On " Freddie Mercury, Queen 3. https://anr.fr/Project-ANR-21-CE42-0017 4. https://anr.fr/Project-ANR-19-CE28-0018, https://gepeto.dalembert.upmc.fr/

B Modal analysis: Kennelly circles method

This appendix describes the modal analysis method proposed by Le [START_REF] Roux | Le haut-parleur électrodynamique : estimation des paramètres électroacoustiques aux basses fréquences et modélisation de la suspension[END_REF], based on the work of [START_REF] Kennelly | Acoustic Impedance and Its Measurement[END_REF]. The application of the method is then presented on a vocal tract frequency response measured at the lips to extract the modal parameters. Finally, the robustness of the method against Gaussian noise is studied.

B.1 Description of the Kennelly circles fitting method

This section is based on an internal technical report by Marc Pachebat. The modal analysis method provides robust estimates of the frequency and the quality factor of resonance, with only a few measures needed. A resonance of a scalar complex function G(f ) (acoustic impedance, voice transfer function, or acoustic response of the vocal tract at the lips in this thesis manuscript) is modeled as a Lorentz peak:

G(f ) = G 0 + G 1 .H(f ) (9)
with G 0 = X 0 + jY 0 the complex residue, G 1 = X 1 + jY 1 the complex amplitude and H the Lorentz function. G 0 and G 1 are assumed to be constant on the frequency in the interval where the resonance to be identified is located. H(f ), whose modulus is a Lorentz peak, is of the form:

H(f ) = 1 1 + jQ R (f /f R -f R /f ) (10)
with f R the pole frequency of H or the resonance frequency, and Q R its quality factor. G(f ) is defined by 6 real parameters: X 0 , Y 0 , X 1 , Y 1 , Q R , and f R . In the complex plan (x, y) = (Re(G), Im(G)), G(f ) describes a portion of a circle with radius r = (X 2 1 + Y 2 1 ) 1/2 /2 centered on C(x c , y c ) = (X 0 + X 1 /2, Y 0 + Y 1 /2), the so-called Kennelly circle (see Fig. B.1 left). The modal analysis method consists of a geometric identification of the circle thus defined, and then, a frequency identification of the speed travel of the circle. Identifying the 3 parameters of the circle (radius and coordinates of center) allows for the identification of 3 out of the 4 parameters X 0 , Y 0 , X 1 , and Y 1 in the general case. In our case, we assume that Y 1 = 0, so that G 1 , which can be ensured by a phase shift of G(f ) so that the resonance is defined by the zero crossing of its phase. Then the points (x i , y i ) of the circle verify the equation:

(x i -x c ) 2 + (y i -y c ) 2 = r 2 = X 2 1 /4. ( 11 
)
The square of the distance to the circle d 2 i = [(x i -x c ) 2 -(y i -y c ) 2 -r 2 ] is used to define an error function with n points (x i ,y i ) such as E c = n i=1 d 4 i . In order to minimize this error function, we solve the 3 following equations:

       ∂ xc E c = 0 ∂ yc E c = 0 ∂ r E c = 0 . ( 12 
)
The resonance frequency corresponds to the angle α i = 0. The quality factor imposes, for a frequency step, the angular distances between successive points. In order to estimate f R and Q R from the n points (α i ,f i ), the error function E f defined as

E f = n i=1 [Q R ((f R /f i ) -(f i /f R )) -tan(α i /2)] 2 ;
is minimized so that ∂ fr E f = 0 and ∂ α i E f = 0. This leads to the solution

   f R = nT 1 -T 2 F 1 T 1 F 2 -nT 2 Q R = √ (nT 1 -T 2 F 1 )(T 1 F 2 -nT 2 ) F 1 F 2 -n 2 . with              F 1 = n i=1 f 2 i F 2 = n i=1 1/f 2 i T 1 = n i=1 tan(α i /2) f i T 2 = n i=1 tan(α i /2)/f i .

B.2 Application example

The Kennelly circles fitting method is applied on a frequency response at the lips H num lips , numerically computed with a line transmission model including the viscothermal effect (see Appendix A), for a 15 cm metal cylindrical waveguide. The frequency response exhibits 5 resonances between 100 Hz and 5500 Hz. For each resonance, a frequency band, on which the modal analysis is performed, is defined. The upper frequency bound is the phase minimum, between phase shifts of resonance (0 to -π) and anti-resonance (-π to 0). The lower bound is set to a few dozen of Hertz before the modulus maxima. Damping is taken into account as a realistic visco-thermal coefficient for the vocal tract that is five times higher than for rigid walls [START_REF] Hanna | Frequencies, Bandwidths and Magnitudes of Vocal Tract and Surrounding Tissue Resonances, Measured through the Lips during Phonation[END_REF].

The source is filtered by the vocal tract: the waveform is multiplied by the vocal tract transfer function in the Fourier domain so that the voice signal v(t) = P lips is 5. Errors on the definition of coefficients a and b and parameter E, due to normalization of time t by O q T o , in the article equations have been corrected here so that the amplitude of voicing coincides with the maximum of the glottal flow at time t = 2/3O q T o . The generated excitation signal is then filtered with the frequency response at the lips H lips (multiplication in Fourier domain), illustrated 

D Multiple chirplet transforms method

Here are presented some calculus elements of Eq. (IV.28 

× H n-p j∆ωσζ 2 √ 1 -ζ 2 H l-p j∆ωσζ 2 √ 1 -ζ 2
Finally, considering only even orders enables to retrieve Eq. (IV.28).

Here are presented explicit expressions of matrix terms in the simplified case of a signal of two components with a second asymptotic time component. We also choose ω 1 = ω 2 = φ ′ 1 (τ ), β 1 = φ ′′ 1 (τ ) and β 2 = -φ ′′ 1 (τ ), which is the case presented in the
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 1 Figure I.1 -Front view of the vocal apparatus with a median plane section of the vocal tract (left), credits: Leonello Calvetti. Back view of larynx cut in the frontal plane (right), credits: BLUE TREE PUBLISHING, INC.

  Figure I.2 -Principle of the source-filter voice model.
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 3 Figure I.3 -Resonances and standing waves in the vocal tract approximated as a quarterwave tube, adapted from (Sundberg 1977).

Frequency

  Figure I.4 -Vowel diagram of English vowels from 76 speakers with respect to frequency of the first two formants, adapted from[START_REF] Peterson | Control Methods Used in a Study of the Vowels[END_REF]. In red, vowel space plot from MRI data, adapted from[START_REF] Story | Vowel Acoustics for Speaking and Singing[END_REF]).

Fig

  Figure I.5 -Vowel diagram according to the position of articulators, and formant frequency, illustrated by mid-sagittal MRI data of vowels [i], [u] and [a], images from Ericsdotter Nordgren (2019).

  Figure I.6 -Cartoon voice spectra and spectral envelopes: (left) low pitch with vowel [ϵ] as in 'head', (center) high pitch with vowel [ϵ], (right) high pitch with vowel [ae] (as in 'had') illustrating the tuning of the second harmonic with the first resonance (R 1 : 2f o ).
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 7 Figure I.7 -Possibilities for resonance tuning. The two shaded bands represent typical frequency ranges of R 1 and R 2 . The horizontal arrows at the top show some of the different strategies for tuning a resonance to a harmonic. From Wolfe et al. (2020).

  Fig. I.8. Source-filter interactions have been the subject of much of voice research for the

Figure I. 8 -

 8 Figure I.8 -Schematic of the components of acoustic impedance, adapted from Mills et al. (2018).

F 3 ?Figure I. 9 -

 39 Figure I.9 -Voice spectra with vowel [o] as in 'hoe' for: (left) low pitch f o = 130 Hz (note C3), (right) high pitch f o = 340 Hz (note F4) illustrating the formant estimation limit with the fundamental frequency.

  Figure I.10 -Illustration of acoustical modeling from MRI data of vowel [a]: (left) midsagittal MRI image and gridline, (center) extracted area function estimate, (right) computed voice function transfer. MRI image and gridline from Zhou et al. (2013), function area data from[START_REF] Story | Vocal Tract Area Functions from Magnetic Resonance Imaging[END_REF] 

  Fig. I.11, and the original device, called Real-time Acoustic Vocal tract Excitation (RAVE), is depicted in Fig. I.12 (left).

Figure I. 11 -

 11 Figure I.11 -Real-time Acoustic Vocal tract Excitation (RAVE) measurement method, from http://www.phys.unsw.edu.au/jw/broadband.html (04/2023).

Figure I. 12 -

 12 Figure I.12 -Devices developed to measure vocal tract resonances with excitation at the lips: (left) RAVE (Epps et al. 1997), (mid-left) VTMI (Kob et Neuschaefer-Rube 2002), (mid-right) miniaturized VTMI (Kob et al. 2023), (right) ACUZ-light (Thilakan et al. 2018).

  Measuring the vocal tract resonances with excitation at the lips has two main advantages. It provides direct and accurate estimates of resonances without any assumption on the glottal condition, and it provides an ecological measurement condition, i.e. it does not significantly change or disturb the vocal gesture. The relationship between such resonance estimates and the resonances of the usual voice transfer function is addressed in Sec. II.3.3.1.

Figure I. 13 -

 13 Figure I.13 -(left) Device for measurement of vocal tract impedance seen from the lips (Hanna et al. 2016), (right) device for hypernasality detection (Young et al. 2022).

1 -

 1 Figure II.1 -Scheme of measurement device setup.

  Figure II.3 -Block diagram of the deconvolution process to recover the linear frequency response function of the non-linear system described Fig. II.2.

  8) Comparison between the Fast Fourier Transform (F) of the generated digital time signal (Fig. II.4 (left)) and the analytical spectrum Eq. (II.8) is shown Fig. II.4 (right).

Figure II. 4 -

 4 Figure II.4 -Example of a linear swept-tone (left) with parameters A = 1, T chirp = 1 s, f 0 =100 Hz, f 1 =5000 Hz, and 50 ms sinusoidal fade in and fade out. Comparison between its Fast Fourier Transform and the analytical spectrum for positive frequencies Eq. (II.8) (right).The rising phase from 3,7 kHz is due to a phase unwrap issue.

Figure II. 5 -

 5 Figure II.5 -Spectrogram of signal y lin (t) Eq. (II.10) (left). Spectrogram of the result of the deconvolution of y lin (t) with the inverse filter Eq. (II.9) (right); it can be interpreted as a shear time of the time-frequency plane.

Figure II. 6 -

 6 Figure II.6 -Linear chirp deconvolution: normalized linear impulse response extracted by a tapered cosine window (left). Transfer function as the Fourier transform of the windowed impulse response (right).

Figure II. 7 -

 7 Figure II.7 -Example of an exponential swept-tone (left) with parameters A = 1, T chirp = 1 s, f 0 =100 Hz, f 1 =100 Hz, and 50 ms sinusoidal fade-in and fade-out. Comparison between its Fast Fourier Transform and the analytical spectrum for positive frequencies Eq. (II.15) (right). The rising phase from 2 kHz is due to a phase unwrap issue.

  Fig. II.7. The spectrogram of this signal is depicted in Fig. II.8.The deconvolution process is performed in the frequency domain with the inverse filter Eq. (II.16). The result is illustrated with a spectrogram (Fig.II.8 (right)), by putting the signal end-to-end similarly to the result of a circular convolution. The deconvolution process corresponds to a shear of the time-frequency plane with a sheared time t shear = -L ln(f /f 0 ).

Figure II. 8 -Figure II. 9 -

 89 Figure II.8 -Spectrogram of signal y exp (t) Eq. (II.17) (left). Spectrogram of the result of the deconvolution of y exp (t) with the inverse filter Eq. (II.16) (right), it can be interpreted as a time shear of the time-frequency plane.

Figure II. 10 -

 10 Figure II.10 -Normalized regularization function ϵ(ω) used for spectrum inversion Eq. (II.18), for a swept-sine going from 100 Hz to 5,5 kHz.

Figure

  Figure II.12 -Graphical User Interface, example of a measurement performed on a cylindrical open-closed metal waveguide of 15 cm length.

Figure II. 13 -

 13 Figure II.13 -Scheme of waveguides coupling.

  II.26) From there we can write following equations, eliminating U open V T in P open S , and taking the relation between the flow U open V T and the pressure P open V T :

  Figure II.14 -(left) Scheme of CTTM impedance sensor, from (Le Roux et al. 2012). (right) Testbed with impedance sensor in a semi-anechoic room.

Z

  Figure II.15 -Ratio of reduced measured impedances, in open and closed conditions, at the idealized excitation tube output with the CTTM impedance sensor, and numerical computation of the measurement model H num lips (Eq. (II.32)).

  Figure II.16 -Testbed for resonance measurement with excitation at the lips, the vocal tract is idealized as a 15 cm cylindrical metal waveguide.

  Fig. II.18.

Figure II. 18 -

 18 Figure II.18 -Scheme of waveguide transmission line modeling.

  .37) Thus the frequency response at the lips has the same resonances as the voice transfer function: when m 22 + m 21 Z R = 0. However, contrary to H voice , it has anti-resonances (zeros) when Z V T (ω) = 0, i.e. at the resonances of the non-radiating vocal tract. The frequency differences between the resonances and the zeros of H lips are only due to the radiation impedance: extrema are expected to be close. Thus, the resonances of the vocal tract are characterized by focusing only on the resonances of the response at the lips.

Figure

  Figure II.19 -Illustration of the resonances and the zeros of the numerical model of the frequency response measured at the lips H num lips , with numerical models of the radiation impedance Z num R and the impedance seen from the lips Z num V T , for a 15 cm metal cylinder waveguide.

  relating to the resonances of the radiating vocal tract, appears as maxima of H lips . The interest in the characterization of the resonances of the response at the lips (Z V T +Z R = 0 condition) is illustrated in Fig. II.20, as they correspond to the resonances of the voice transfer function. The impedance and the voice transfer function are normalized by the characteristic impedance. The inverse of the vocal tract impedance seen from the glottis is also depicted for comparison: its maxima are often used in the literature to estimate vocal tract resonances.

Figure

  Figure II.20 -Numerical models of the vocal tract transfer function (H num voice ), the frequency response measured at the lips (H num lips ), and the inverse of the impedance of the vocal tract seen from the lips (1/Z num V T ), for a 15 cm metal cylindrical waveguide.

-

  intra-measurement: possible position shift between a calibration recording (closedmouth like) and effective measures (open-mouth like) inter-measurement: possible position shift between repeated pairs of calibration and effective measure (assuming no shift between the closed-mouth and the open-mouth records)A measurement defines a pair of one calibration (closed-mouth condition) and one effective measure (open-mouth condition). An estimation of the overall robustness would be the sum of intra-measurement and inter-measurement uncertainties.

  Figure III.2 -Testbed for source and microphone shifts from the lips. The vocal tract is fixed on a millimetric XY stage, to be precisely moved away from the source-microphone pair. The vocal tract is idealized as a 15 cm cylindrical metal waveguide.

Figure III. 3 -

 3 Figure III.3 -Numerical model of frequency response at the lips H num lips , and frequency responses measured in the intra-measurement situation: one calibration at the lips (1 mm) and open-mouth measures from 1 mm to 20 mm from the waveguide outlet, for a 15 cm cylindrical metal waveguide.

  Figure III.4 -Modal parameters (f lips and B lips ) estimates in the intra-measurement situation (calibration at the lips) with respect to the open-mouth measure distance from the lips, and modal parameters of numerical model at the lips (f num lips and B num lips ), for a 15 cm cylindrical metal waveguide as an idealized vocal tract.

Figure III. 5 -

 5 Figure III.5 -Numerical model at the lips H num lips , and frequency responses measured in the inter-measurement situation: pairs of calibration/measure from 1 mm to 20 mm from the lips, the vocal tract is idealized as a 15 cm cylindrical metal waveguide.

  Figure III.6 -Modal parameters (f lips and B lips ) estimates in the inter-measurement situation (calibration/measure pairs) with respect to the distance from the lips, and modal parameters of numerical model at the lips (f num lips and B num lips ), for a 15 cm cylindrical metal waveguide as an idealized vocal tract.

  Fig. III.7. For each microphone position, a calibration (closed-mouth) and an effective measure (open-mouth) are recorded. The root mean square (RMS) value of the sound pressure level is computed for each recording condition and for each microphone distance step.

  Figure III.7 -Scheme of the testbed for radiation study: the microphone is horizontally shifted on a stand, while the excitation source is fixed at the lips.

  Fig. III.8 to a monopolar far-field model (∝ 1/d) with respect to the microphone distance d from the lips.

Figure III. 8 -

 8 Figure III.8 -Root mean square values of recording for closed-mouth and open-mouth conditions with respect to the microphone distance from the lips, and far-field monopolar radiation model (∝ 1/d). Values are normalized to the one at the lips (d 0 = 0,4 cm). Measurement performed on a 15 cm cylindrical metal waveguide as an idealized vocal tract.

Figure III. 9 -

 9 Figure III.9 -Difference between closed-mouth condition and open-mouth condition RMS value with respect to the microphone distance from the lips, for a 15 cm cylindrical metal waveguide as an idealized vocal tract.

Figure III. 10 -

 10 Figure III.10 -Scheme of the testbed for simultaneous measurements at different distances: four microphones (Mic1, Mic2, Mic3, Mic4) are fixed on the stand at distances d = 0.4, 10, 20, 30 cm, the excitation source remains at the lips.

  compared to the numerical model at the lips H num lips on Fig. III.11. The frequency responses with distant microphones are qualitatively very similar and close to the numerical model at the lips. The radiation effect from the lips to the microphones is compensated by the ratio of the open-mouth measure and the closedmouth calibration, as predicted by the previous radiation study results in Sec. III.2.1.2.

Figure III. 12 -

 12 Figure III.12 -Mean and standard deviation of the first five resonances frequency and bandwidth, estimated on the frequency responses measured by the four microphones (H M 1 , H M 2 , H M 3 , H M 4 ) at distance d = 0.4, 10, 20 and 30 cm from the lips, respectively, for a 15 cm cylindrical metal waveguide as an idealized vocal tract.

  Figure III.13 -The vocal tract is fixed on a millimetric XY stage, to be precisely moved away from the excitation source (fix position). The microphone is attached to the same structure at 5 cm from the lips and moves with the vocal tract.

Fig

  Figure III.15 -Numerical model at the lips H num lips , and frequency responses measured in the inter-measurement situation: pairs of calibration/measure with the excitation source moving from 1 mm to 20 mm from the lips, the vocal tract is idealized as a 15 cm cylindrical metal waveguide.

Figure III. 17 -

 17 Figure III.16 -Photo (top) and geometry (bottom) of the five 3D-printed vowel replicas ([a], [e], [i], [o], [u]), adapted from Arai (2007).

  [i] replica (see Fig. III.20) and the third resonance of the vowel [u] (see Fig. III.22). First, the cause of this visibility issue is investigated. Then, we explore a possible upgrade of the setup to improve the characterization of the resonances in such cases. III.3.3.1 Impedance matching at the lips In order to understand the cause of the visibility issue of the resonances, we come back to the measurement model (Eq. (II.31)) of the frequency response at the lips H lips . It is decomposed into the vocal tract impedance seen from the lips Z V T and its radiation impedance Z R . All three quantities are numerically computed for both the vowel [i] and the vowel [u] replicas (Fig. III.23).

  Figure III.23 -Illustration of the resonances and the zeros of the numerical model of the frequency response measured at the lips H num lips , with numerical models of the radiation impedance Z num R and the impedance seen from the lips Z num V T , normalized by the characteristic impedance Z c , for the vowel [i] (left) and the vowel [u] replicas. Black circles indicate impedance matching.

  It has the same visibility issue as stated previously because of the proximity of its resonances and anti-resonances. As we go inside the vocal tract, the anti-resonances move to higher frequencies (right to left in Fig. III.24). Taking the frequency response for a microphone positioned at 40 mm from the lips inside the vocal tract, the two first resonances are far more visible because the zeros are not close to the resonances anymore.

Figure III. 24 -

 24 Figure III.24 -Numerical modeling of the pressure acoustic field inside the vowel [i] replica with an excitation source at the lips (top). The left vertical slice is the voice transfer function H num voice (bottom). The right vertical slice is equivalent to a frequency response measured at the lips corrected by the radiation impedance H num lips .Z R . The vertical slice at 40 mm from the lips H num 40mm .Z R represents a possible measurement with a microphone positioned at 40 mm inside the vocal tract.
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Figure IV. 1 -

 1 Figure IV.1 -Example of vocal tract frequency response at the lips measured during a vocal gesture [SM1-A3-standard1]. Voice harmonics are superposed as discrete peaks in the tract response. Measurement context is described in Chap. V.

Figure IV. 2 -

 2 Figure IV.2 -Examples of amplitude vocal tract response at the lips with manually annotated voice harmonics and tract resonances, from[START_REF] Joliveau | Vocal Tract Resonances in Singing: The Soprano Voice[END_REF]).

Figure IV. 3 -

 3 Figure IV.3 -Gross amplitude vocal tract response curve (thin black), after smoothing filter (red) and after voice harmonics removal and interpolation (thick black), from (Jeanneteau et al. 2022).

  Figure IV.4 -(left) Spectrogram of synthesis signals mixture at the lips with superposition of exponential sine-swept with its nonlinear harmonics and voice, for a vowel [ae] at f o = 330 Hz. (right) Voice analysis/synthesis method: detection of crossing frames in red between voice harmonics in green, constructed as fundamental frequency multiples, and sweep trajectory in blue.

Figure IV. 6 -Figure IV. 7 -

 67 Figure IV.6 -Spectrogram of synthesis signals mixture at the lips with superposition of the linear swept-sine along with its harmonics and voice, for a vowel [ae] at f o = 330 Hz.

Figure IV. 8 -

 8 Figure IV.8 -Evolution of |G β-φ ′′ (τ ) (ω -φ ′ (τ )) | as a function of ω and β.

  Figure IV.9 -Time representation (a) and magnitude spectrograms (b) of first even 10 normalized chirplet atoms based on Hermite polynomials (f n /max(f n )) defined Eq. (IV.17), used for taking into account amplitude modulation, centered on frequency f = 3 kHz for chirprate β = 6 kHz s -1 .

  Figure IV.10 -Temporal representation (a) of s 1 and chirplet envelope centered on τ = 0,16 s, and spectrogram (b) of s 1 .

Figure IV. 11 -

 11 Figure IV.11 -Original A 1 and estimated amplitude Ã1 for N = 0 and N = 5 in Eq (IV.20) in the noise-free case, zoom in t = 0.3 -0.7 s.

  Figure IV.12 -Convergence analysis: SNR out as a function of the number of computed higher-order CTs and of the amplitude modulation metric m A of the signal s 1 .

Figure

  Figure IV.13 -Spectrogram of signal s(t) = s 2 (t) + s 3 (t).

  Figure IV.14 -Relative error on estimated amplitude | Ãs 2 /A s 2 -1| with and without (w/o) separation method applied on s 2 + s 3 , zoom in t = 0.3 -0.7 s.

Figure IV. 15 -

 15 Figure IV.15 -Effect of an error on the IF of component s 3 on the reconstruction of amplitude A 2 : IF error expressed either as σ ( φ3 -φ 3 ) (bottom axis) and as the associated mean square error (top axis), reconstruction error expressed by global measure SNR out (right axis) and by local measure max τ ε(τ ) (left axis).

  Figure IV.16 -Relative error on estimated amplitude | Ãs 1 /A s 1 -1| without (w/o sep) and with (with sep) separation method applied on s 1 + s 3 , and with number of higher-order CTs computed to account for amplitude modulation N = 0 and N = 5, zoom in t = 0.3 -0.7 s.Table IV.3 -Performances of the amplitude estimate (SNR out )in the noise-free case.

  Figure IV.17 -Convergence analysis : (a) optimum path as best SNR out for a given amplitude modulated signal s 1 separated from s 3 ; (b) zoom from 0,3 s to 0,7 s of the relative error of cases N = 1, N = 3 and N = 5 for s 1 (SNR out = 42,8 dB, 70,8 dB and 64,6 dB, respectively).

Figure IV. 18 -

 18 Figure IV.18 -Influence of Gaussian window length σ in chirplet transform signal separation method measured by SNR out (s 2 , s2 ) for constant amplitude (left) and by SNR out (s 1 , s1 ) for modulated amplitude with N = 5 (right).

  Figure IV.19 -Numerical test signals (left) and associated spectrogram (right).

  Figure IV.20 -(Left) Zoom-FFT spectrum computed on frame [t 0 , t 0 +50 ms] and estimated fundamental frequency f o (maximum). (Right) Evolution of frame-based estimation of f o , and filtered estimates.

  is

  s [p] -nf o [p]|) (IV.38) with φ ′ s [p] the central instantaneous frequency of chirp of frame p, and f o [p] the fundamental frequency of voice on frame p. The voice is assumed to be periodic so that the frequency of the nearest harmonic is φ ′ vn = nf o (see Fig. IV.21).

  Figure IV.21 -Nearest voice harmonic from swept-tone trajectory considered for the multiple chirplet transforms separation method.

|

  Figure IV.22 -Estimated complex amplitude, modulus and phase, of linear chirp A s (τ ) and relative error with respect to original A s (τ ), for N = 7 computed moments.

  Figure IV.23 -Estimated linear chirp signal s(t) and error with respect to original s(t), for N = 7 computed moments.

Fig

  Figure IV.26 -Relative error made on estimated modal parameters of first resonance of frequency response at the lips with respect to voice fundamental frequency, resonance bandwidth, and number of computed higher-order moments in the multiple chirplet transforms separation method.

Figure IV. 27 -

 27 Figure IV.27 -Block diagram of separation method between voice v and linear chirp s based on multiple chirplet transforms.

  Figure IV.28 -Example of vocal tract frequency response at the lips H lips measured during a singing gesture [SM1-A3-standard1], with chirplet transform separation result H lips w/o voice [N = 4]. Measurement context is described in Chap. V.

Figure V. 1 -

 1 Figure V.1 -Measurement sequence.

  Figure V.2 -Example of measurement results for S1 subset: both phonation condition and closed glottis condition exhibit R 1 below 1 kHz and R 2 between 1 kHz and 2 kHz. In such cases, the task is considered to be successful. Color bands indicate frequency ranges used to perform modal analysis. [SF4-A4-chest]

  Figure V.3 -Example of measurement results for S2 subset: both phonation condition and closed glottis condition exhibit small R 1 below 1 kHz and R 2 between 1 kHz and 2 kHz.Color bands indicate frequency ranges used to perform modal analysis. In such cases, the task is considered to be successful. [SM1-G3-stdmx1] 

  Figure V.4 -Example of measurement results for S3 subset: phonation condition exhibits R 1 below 1 kHz and R 2 between 1 kHz and 2 kHz, in closed glottis condition no first resonance is detected below 1 kHz and an expected R 2 is visible between 1 kHz and 2 kHz. Color bands indicate frequency ranges used to perform modal analysis. In such cases, the task is considered to be unsuccessful. 

  Fig. V.6. As the velolingual constriction increases: -all resonances are shifted to lower frequencies -the first, the third, and the fifth resonances (R 1 , R 3 , R 5 ) vanish -the amplitude of the second and the fourth resonances (R 2 , R 4 ) slightly rises For a complete closure, the length of the measured resonator from the lips is one-half that of the resonator without constriction. Thus, from five resonances in the studied frequency range, only two remain. The behavior of the modeled frequency responses at the lips in the velolingual closure condition shows strong similarity to what has been described for the third subset (S3) of measurements when passing from phonation condition to closed glottis (see Fig. V.4

Figure V. 6 -

 6 Figure V.6 -Modelling the effect of a velolingual closure on the frequency response measured at the lips. The vocal tract geometry is extracted from the replica of vowel [a] described in Sec. III.16. A velolingual closure is modeled as a reduction of the inner diameter at the midpoint (x = 8 cm) of the replica length, for a closing ratio ranging from 0 (no constriction) to 1 (completely closed). The frequency response measured at the lips H num lips is numerically computed for each geometry.

Figure V. 7 -

 7 Figure V.7 -Modal parameters estimate of the first two resonances from frequency responses at the lips measured in closed glottis condition for subsets S1 and S2.

  Figure V.9 -Proportional changes (mean and standard deviation) in resonance frequency and bandwidth for R 1 and R 1 , from closed glottis to phonation, i.e. (phonation -closed)/closed. Note that in the measurement sequence (see Fig. V.1), subjects sang first and then closed the glottis.

  Figure V.12 -Bandwidth of the first two resonances measured during phonation B R 1 (bottom) and B R 2 (top), according to the measured mean fundamental frequency f o and the produced emission.

  The mean and standard deviation, over all notes, of the frequency of the first two resonances measured during phonation in each emission are shown in Fig. V.13. The first and second resonance frequencies are clearly in different ranges at the bottom and top of the figure, respectively.

  Figure V.13 -Frequency (average on all notes and standard deviation) of the first two resonances measured during phonation f R 1 and f R 2 , in relation to the emission produced.

Figure V. 14 -

 14 Figure V.14 -Bandwidth (average on all notes and standard deviation) of the first two resonances measured during phonation B R 1 and B R 2 , in relation to the emission produced.

Figure B. 2 -( 1 -

 21 Figure B.2 -Numerical frequency response at the lips H numlips and definition of resonance frequency bands to apply modal analysis, for a 15 cm metal cylindrical waveguide.

Figure C. 1 -

 1 Figure C.1 -Glottal waveform unit (left) and its spectrum (right).

Figure C. 2 -Figure C. 3 -

 23 Figure C.2 -Area function of vowel [ae] from Story et al. (1996), and computed voice transfer function from transmission line model. The resonance frequencies are: 671 Hz, 1743 Hz, 2438 Hz, 3383 Hz, 4093 Hz and 5065 Hz.

  Figure C.4 -Spectrogram of the excitation signal as a linear chirp with some distortion harmonics (left) and the frequency response at the lips filter H lips (right).

  Fig. C.4 (right), computed with the same transmission line method as the voice transfer function H voice of the vowel [ae] previously described for voice synthesis. The test signal is finally the sum of the chirp signal s(t) and the voice signal v(t). Its waveform and its spectrogram are depicted in Fig. IV.19.
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Table I .1 -

 I Summary of the methods for estimating the vocal tract (VT) resonances. Ecological refers to measurements that do not change or perturb the vocal gesture.

	Method	LPC	MRI	Source at larynx	Source at lips
	Measured quantity	Formants	VT geometry	VT transfer function FRF at the lips
	Resonances estimate	Indirect	Indirect	Direct	Direct
	Pros	Voice recording only Articulation data Ecological Studies on replica	Accurate	Accurate Ecological
		Dependent of f o	Expensive	Neck tissues effect	Resonances near
	Cons	Modeling based	Modeling based	Not ecological	anti-resonances
			Uncomfortable	Uncomfortable	
	Singing	Limited to low f o	Yes	No	Yes
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Table II . 1 -

 II1 Measurement device hardware used in this work.

	Type of measure	in vitro	in vivo
	Location	LMA	San Salvo
	Chapters	Chaps. II, III	Chap. V
	Soundcard	Focusrite Scarlett 6i6/2i2	Focusrite Scarlett 2i2
	Amplifier	Flying Mole DAD-M100 proII BB
	Loudspeaker	Beyma CP850Nd	Rondson TU100
	Impedance adapter	linear cone	exponential horn
		GRAS 40 PR/PL	DPA4060
	Microphone	(MMF M108 conditioner) (MMA6000 preamplifier)
		or DPA 4060	
	Room	anechoic	living room like

  II.2. By means of the commutativity property of the convolution product, we can consider that the linear filters g n (t) integrate both the excitation line and the recording line. For the vocal tract characterization, the linear part alone x(t) * g 1 (t) * p(t) contains all the necessary information p(t) to estimate the filtering of the vocal tract, because the non-linear harmonics come from the excitation line.

excitation / acquisition non-linear filtering measurement linear filtering Figure II.2 -Block diagram of the non-linear system as excitation and recording nonlinear filtering and environment (room, face, vocal tract) linear filtering, inspired from (Novak et al. 2010).

  and zeros leads us to use the Kennelly circles fitting method (Kennelly et Kurokawa 1921) (details are given in Appendix B). For each resonance, the frequency range of interest is determined over the numerical model (H num lips ) and then used for the measured frequency response (H lips ). Results, for one measurement (variability is studied in Chap.III), for the first five resonances are presented Table II.2.

	10 -1 10 0 |H|			lips H num H lips	10 0
						10 -1
		0				
	arg(H)	-π/2				-π/2
		1000	2000	3000	4000	400	600
			frequency (Hz)		frequency (Hz)

0 Figure II.17 -(left) Measured frequency response at the lips (H lips ), and numerical measurement model H num lips (Eq. (II.31)). (right) Zoom in dashed grey boxes, between 400 Hz and 800 Hz.

resonances

Table II . 2 -

 II2 Modal analysis results of numerical measurement model (H num lips ) and measured frequency response at the lips (H lips ) for a 15 cm cylindrical metal waveguide as idealized vocal tract.

Table II

 II 

.3 -Modal analysis results of numerical models of measurement at the lips (H num lips ) and vocal tract impedance at the lips (Z num V T ) compared to the ones of the voice transfer function (H num voice ), for a 15 cm cylindrical metal waveguide as an idealized vocal tract.
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  Modal parameters (resonance frequency f R i and bandwidth B R i ) of the first five resonances are estimated by means of the Kennelly circles fitting method (see Appendix B for details). The frequency range of interest for each resonance is determined on the measurement model, as already discussed in Sec. II.3.2.2. Modal analysis results for each condition and all measures are depicted in Fig. III.1.
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Figure III.1 -Estimated bandwidths and frequencies of the first five resonances for intrameasurement condition (1 calibration and 20 measures) and for in inter-measurement condition (20 pairs calibration-measure), for a 15 cm cylindrical metal waveguide as an idealized vocal tract.

Table III . 1 -

 III1 Modal analysis results of numerical measurement model (H num lips ) and statistics on repeated measured frequency response at the lips (H lips ) in intra-measurement (1 calibration and 20 measures) condition, for a 15 cm cylindrical metal waveguide as an idealized vocal tract.

Table III . 2 -

 III2 Modal analysis results of numerical measurement model (H num lips ) and statistics on repeated measured frequency response at the lips (H lips ) in inter-measurement condition (20 pairs calibration-measure), for a 15 cm cylindrical metal waveguide as an idealized vocal tract.

  Example of frequency responses measured by the four microphones (HM 1 , H M 2 , H M 3 , H M 4 ) at distance d = 0.4,10, 20 and 30 cm from the lips, respectively, and numerical model at the lips H num lips , for a 15 cm cylindrical metal waveguide as an idealized vocal tract.
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	Figure III.11 -		
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	10 0 |H|			[a] H num lips
					Z num supg
	arg(H)	π/2 -π/2 0			H lips Z supg
		1000	2000	3000	4000
			frequency (Hz)
	Figure III.18 -Measured frequency response at the lips H lips , measured input impedance at the glottis Z supg and their computed respective numerical models H num lips and Z num supg , for the vowel [a] replica.

Table III . 4 -

 III4 Vowel [a] replica modal analysis results: measurement model H num lips , measurement at the lips H lips , input impedance model at the glottis Z supg and Z num supg measured with the impedance sensor.

	[a]	R 1	R 2	R 3	R 4	R 5
	H num lips f R i 641 1162 2823 3921 4473
	H lips f R i	628 1139 2763 3829 4374
	H num lips B R i	12	25	90	110	228
	H lips B R i	27	37	103	184	293
	Z num supg f R i	641 1163 2831 3941 4573
	Z supg f R i	630 1141 2778 3891 4476
	Z num supg B R i	12	25	85	101	248
	Z supg B R i	15	26	100	174	313

  Measured frequency response at the lips H lips , measured input impedance at the glottis Z supg and their computed respective numerical models H num lips and Z num supg , for the vowel [e] replica. Vowel [e] replica modal analysis results: measurement model H num lips , measurement at the lips H lips , input impedance model at the glottis Z supg and that measured Z num supg with the impedance sensor.

	10 -1 10 1 |H|					[e] H num lips
							Z num supg
	arg(H)	π/2 -π/2 0					H lips Z supg
		1000	2000		3000		4000
			frequency (Hz)	
	Figure III.19 -Table III.5 -[e]	R 1	R 2	R 3	R 4	R 5
		H num lips f R i 424 1933 2616 3687 4532
		H lips f R i	420 1883 2575 3622 4447
		H num lips B R i	7	53	55	71	147
		H lips B R i	10	66	65	108	223
		Z num supg f R i	424 1937 2617 3693 4540
		Z supg f R i	420 1892 2575 3631 4457
		Z num supg B R i	7	52	54	70	142
		Z supg B R i	10	56	61	102	233

  Measured frequency response at the lips H lips , measured input impedance at the glottis Z supg and their computed respective numerical models H num lips and Z num supg , for the vowel [i] replica. Vowel [i] replica modal analysis results: measurement model H num lips , measurement at the lips H lips , input impedance model at the glottis Z supg and that measured Z num

	10 -1 10 1 |H|					[i] H num lips
							Z num supg
	arg(H)	π/2 -π/2 0					H lips Z supg
		1000	2000		3000		4000
			frequency (Hz)	
	Figure III.20 -Table III.6 -supg with the impedance sensor.
		[i]	R 1	R 2	R 3	R 4	R 5
		H num lips f R i 273 2123 3105 3699 4839
		H lips f R i	270 2113 2980 3620 4686
		H num lips B R i	7	17	99	64	162
		H lips B R i	11	25	150	94	370
		Z num supg f R i	273 2124 3118 3702 4866
		Z supg f R i	270 2110 3002 3622 4770
		Z num supg B R i	7	16	92	63	139
		Z supg B R i	10	21	130	91	289

  replica are depicted in Fig. III.21. The estimated modal parameters for each curve are shown inTable III.7. Measured frequency response at the lips H lips , measured input impedance at the glottis Z supg and their computed respective numerical models H num lips and Z num supg , for the vowel [o] replica. Vowel [o] replica modal analysis results: measurement model H num lips , measurement at the lips H lips , input impedance model at the glottis Z supg and measured one Z num

	10 -1 10 1 |H|					[o] H num lips
							Z num supg
	arg(H)	π/2 -π/2 0					H lips Z supg
		1000	2000		3000		4000
			frequency (Hz)	
	Figure III.21 -Table III.7 -supg with impedance sensor.
		[o]	R 1	R 2	R 3	R 4	R 5
		H num lips f R i 515 1074 2997 3730 4559
		H lips f R i	471 1033 2915 3657 4436
		H num lips B R i	9	15	37	34	73
		H lips B R i	18	22	60	57	126
		Z num supg f R i	515 1074 2998 3731 4561
		Z supg f R i	475 1036 2922 3664 4444
		Z num supg B R i	9	14	36	34	72
		Z supg B R i	16	21	54	49	114

  replica are depicted in Fig. III.22. The estimated modal parameters for each curve are shown inTable III.8. Measured frequency response at the lips H lips , measured input impedance at the glottis Z supg and their computed respective numerical models H num lips and Z num supg , for the vowel [u] replica. Vowel [u] replica modal analysis results: measurement model H num lips , measurement at the lips H lips , input impedance model at the glottis Z supg and that measured Z num supg with the impedance sensor.

	10 -1 10 1 |H|					[u] H num lips
							Z num supg
	arg(H)	π/2 -π/2 0					H lips Z supg
		1000	2000		3000		4000
			frequency (Hz)	
	Figure III.22 -Table III.8 -[u]	R 1	R 2	R 3	R 4	R 5
		H num lips f R i 409 1443 2733 3864 4447
		H lips f R i	398 1404 2711 3788 4402
		H num lips B R i	7	21	19	60	48
		H lips B R i	11	28	28	110	86
		Z num supg f R i	409 1444 2734 3869 4449
		Z supg f R i	400 1407 2706 3803 4401
		Z num supg B R i	7	21	18	59	47
		Z supg B R i	10	26	23	94	83

Table IV . 1 -

 IV1 Performance of amplitude estimate (SNR out in dB) with single or multiple CT transform.

	SNR in (dB)	∞	20	10	3	0
	N = 0	23.8 23.8 23.7 23.3 22.8
	N = 5	91.9 43.8 33.8 26.9 23.9

Table IV . 2 -

 IV2 Performance of amplitude estimate (SNR out ) with or without (w/o) separation.

	SNR in (dB)	∞	20	10	3	0
	w/o separation (Eq. (IV.9))	19.7 19.6 19.6 19.5 19.2

  Figure IV.25 -(left) Estimated frequency response at the lips obtained from synthesized signals (Appendix C) with the multiple chirplet transforms separation method (H lips w/o voice), with frequency response without voice separation (H lips ), and original filter (H th ), for N = 7 computed moments. (right) Zoom in dashed grey boxes, between 200 Hz and 800 Hz. Comparison of modal analysis results on synthesized frequency response (H th ) and on estimated one (H lips w/o voice) after chirplet transform separation method, for N = 7 computed moments.

			10 1								
								H lips		
	|H|	10 0					H lips w/o voice		10 0
								H th			
		10 -1 π								π/2
	arg(H)	-π -π/2 0 π/2	1000	2000	3000		4000	5000	-π/2 0	250	500	750
					frequency (Hz)					frequency (Hz)
	Table IV.4 -f R i (Hz)		R 1	R 2	R 3	R 4			R 5
				H th		671 1742.7 2438.3 3383.2 4092.7
				H lips w/o voice 668.3 1742.6 2439.1 3378.8 4093
				deviation (cent)	-7	-0.1	0.6	-2.3			0.1
				deviation (%)	-0.4	0	0	-0.1			0
				B R i (Hz)		R 1	R 2	R 3	R 4			R 5
				H th		46	111	161.5	216.9	236.6
				H lips w/o voice	48.8	108.2	174.2	233		246.6
				deviation (%)	6.1	-2.5	7.9	7.4			4.2
						→ s imp	F F T -→ H lips, w/o voice			(IV.44)

Table V . 1 -

 V1 Database information. Recorded emissions (all) are chest, standard mix 1, standard mix 2, extreme mix 1, extreme mix 2, head. Mix denotes an emission that could not be categorized precisely in the sub-categories according to the singing teacher.

	Subject Sex Age	EMV level	Recorded notes Recorded emissions
	SM1	M	44 expert (teacher)	F3, G3, A3	all
	SM2	M	38	expert	no acoustic measurement
	SM3	M	47	intermediate	F3, G3, A3	all
	SM4	M	43	intermediate	E4, D4	all
	SM5	M	28	beginner	G4	all
	SF1	F	35	expert	no acoustic measurement
	SF2	F	38	intermediate	G4, A4	all
	SF3	F	33	intermediate	F4, A4	all
	SF4	F	43	intermediate	F4 A4	chest, mix, head chest, head
	SF5	F	30	intermediate	A4	all
	SF6	F	33	intermediate	G4, A4	all

  Kennelly circle fitting modal analysis (see Appendix B for details). The frequency range around each resonance used to perform the modal analysis is determined manually. The results are presented focusing only on the expected first two resonances, i.e. below 2 kHz (vowel [a]).

	w/o lips . It also gives fundamental frequency estimates on each analysis
	frame, that are averaged into a mean f o .
	The characteristics (frequency and bandwidth) of each resonance, visible in the
	frequency responses at the lips in both conditions, H lips and H cg w/o lips , are estimated by

  Modal parameters of the first two resonances measured on closed glottis condition for SM1 (in subset S1 and S2), according to the measured mean fundamental frequency f o and the emission produced. No head emission is presented because they are classified as subset S3. The voice harmonics H i corresponding to the note produced just before the closure of the glottis are represented in dotted lines.
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  Modal parameters estimate of the first two resonances from frequency responses at the lips measured during phonation for all subsets. The detected resonances of group S4 are indicated with circle markers. The estimate is uncertain if the fundamental frequency is less than 200 Hz (red marker) or if the number of computed higher-order chirplets is less than 3 (empty marker). Reliable results are thus marked with a filled-in green square.

200 Hz f o < 200 Hz Figure V.10 -

  V.11. The voice harmonics H n , corresponding to nf o , are also represented to highlight possible resonance tuning. Frequency of the first two resonances measured during phonation f R 1 (bottom) and f R 2 (top), according to the measured mean fundamental frequency f o and the produced emission. The voice harmonics H n , corresponding to nf o , are represented in dotted lines.
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  ). Reminding ζ ∆β = 1/ √ 1 + jσ 2 ∆β, matrix G n,l writes H l (ζu) H n (ζu) e -1 2 u 2 e -j∆ωζσu du with variable change t = ζσuWe consider the generative function associated with Hermite polynomials:Introducing two abstract variables r and s, we focus on this following expression:So that G n,l can be interpreted as the coefficient of the Taylor series as follows:

	G n,l (∆ω, ∆β) =	σ	√	1 2πn! R	H l	t σ	H n	t σ	e -1 2	t 2 σ 2 (1+jσ 2 ∆β) e -j∆ωt dt
						=	ζ 2πn! R √
										exp yz -	1 2	z 2 =	n≥0	H n (y)	z n n!
	n,l≥0	G n,l (∆ω, ∆β)	r n n!	s l l!
	=	ζ 2πn! R n,l≥0 √	H l (ζu) H n (ζu) e -1 2 u 2 e -j∆ωζσu du	r n n!	s l l!
	=	ζ 2πn! R √	 	l≥0	H l (ζu)	s l l!	 	  n≥0	H n (ζu)	r n n!	  e -1 2 u 2 e -j∆ωζσu du
	=	ζ 2πn! R √	e ζus-1 2 s 2 e ζur-1 2 r 2 e -1 2 u 2 e -j∆ωζσu du
	=	ζ n!	e -1 2 (1-ζ 2 )(s 2 +r 2 )+ζ 2 sr e -1 2 (∆ωζσ) 2	e -j∆ωζ 2 σ(s+r)
	G nl (∆ω, ∆β) =	ζ n!	e -1 2 (∆ωζσ) 2 ∂ n+l ∂r n ∂s l e	1 2 (1-ζ 2 )(s 2 +r 2 )+ζ 2 sr-j∆ωζ 2 σ(s+r)	r=0 s=0
	Development of the derivation leads to
	G n,l (∆ω, ∆β) =	ζ n!	e -1 2 (∆ωζσ) 2	min(l,n) p=0	n!l! p!(n -p)!(l -p)!	(-1) n+l ζ 2p	1 -ζ 2	n+l-2p

Notation from Titze et al. (2015) are used throughout this manuscript

The word "sweep" is very amusing and interesting because it offers a correspondence between its semantics and its sound: it is an unintentional onomatopoeia. When "wee" is pronounced, the second resonance of the vocal tract continuously shifts from about 750 Hz(vowel [u]) to about 2200 Hz(vowel [i]), while the first resonance is fairly stable around 300 Hz. Therefore, it is literally a sweep of the second resonance that we hear when we say "sweep".

Remerciements

with s imp the windowed estimated linear impulse response. The deconvolution of the linear chirp here is made safely because all nonlinear harmonics have already been removed with the chirplet transform separation method. Numerical results are presented in the next section. In the measurement context, the frequency response (open mouth acquisition) is corrected by calibration response (closed mouth acquisition) in a final step, in line with Sec II.2. The calibration response is previously analyzed by the chirplet transform method (Eq. (IV.20)), with the same number N of computed higher-order moments as used for open mouth acquisition, but without separation process, as the measured signal is the swept-tone alone in the closed mouth condition. Signal modulations from excitation and acquisition systems are therefore processed the same way in closed-mouth and open-mouth cases.

IV.3.2 Numerical results

The overall process from the recorded signal at the lips to the frequency response obtained after the separation method, which was described in previous sections, is not time-consuming. Thanks to the efficiency of the multiple chirplet transforms method, based on Hermite polynomials for analytical solution (see Sec. IV.2.3.2), a 1 s recording is processed in less than 2 s with current analysis parameters (T f rame = 50 ms, 98 % overlap, number of computed higher order moments N ≤ 7). By means of optimization and parallel computing, near-real-time processing could be reached.

IV.3.2.1 Extracted frequency response and modal analysis

The estimated frequency response function (H lips w/o voice) from synthesized chirp, presented at the beginning of Sec. IV.3.1 (details in Appendix C), obtained with the chirplet transform separation method and all processing steps, described in previous Sec. IV.3.1,is depicted in Fig. IV.25 with direct deconvolution (H lips , without voice separation) and the original synthesized filter H th .

The modulus and phase of the original filter are well estimated, and voice harmonics no longer appear in the frequency response, particularly at frequencies higher than the first resonance (f R 1 ≃ 650 Hz). Errors are found at frequencies near the voice fundamental frequency (f o = 330 Hz) and near the first resonance, in line with previous discussion Sec. IV.3.1 on the bias on applying the multiple chirplet transforms method, i.e., bias on fundamental frequency detection at low frequency (see Fig. IV.20) and the difficulty to perfectly recover strong amplitude modulation at the first pair of resonance-zero (see Fig. IV.22). Nevertheless, the estimated filter around the first resonance is very similar to the original filter, with some additional noise. It indicates that even in the worst separation case with a formant tuning (here R1 : 2f o , as in belting), the method is still robust.

Focusing on the characterization of the resonances, modal analysis is performed on the estimated frequency response and on the original filter. Details of the modal analysis based on Kennelly circles fitting [START_REF] Kennelly | Acoustic Impedance and Its Measurement[END_REF] are given in Appendix B. For each resonance, a frequency band of modal fitting is manually chosen on the original filter and the same band is used for the estimated frequency response. Results for the first five resonances are presented in Table IV.4.

Chapter V

Application to a singing study

In previous Chapters, different aspects of the method to measure the vocal tract resonances in singing have been presented. The device, the measurement principle, and the excitation signal have been described in Chap. II. Experimental studies performed in Chap. III have led us to optimize the locations of the microphone and the source. In Chap. IV, we have developed a source separation method to extract the characterization signal from the mixture of chirp and voice, so that measurements can be performed during a phonation gesture. Now, Chap. V shows an application of the overall measurement methodology to the study of modern-singing examples based on the Extreme Mix Voice method. We first describe the background of the study and the recorded database, consisting of measurements in the closed glottis and singing conditions. The analysis methodology is then detailed, and a classification of the experimental results is proposed. After focusing on the results in the closed glottis condition and their differences from those in the phonation condition, we investigate the characteristics of the resonances as a function of pitch and vocal emission type.

Appendix A Transmission line acoustic modeling

In this appendix, we recall the equations modeling the axial propagation of sound waves within a cylindrical waveguide of radius R, according to Chaigne et [START_REF] Chaigne | Acoustique Des Instruments de Musique[END_REF]. Out of sources, pressures P and flows U at two locations x 1 and x 2 in the waveguide are related with the so-called transmission matrix as, in the frequency domain:

with Z c the characteristic acoustic impedance and Γ the complex propagation wave number accounting for lossy propagation (due, e.g. to visco-thermal effects), defined hereafter Eqs. ( 2) and (3).

In our case, for frequencies higher than 50 Hz, the Stokes number

with following notations and values:

-the waveguide radius r ≥ 5 mm (for all replicas used in this thesis) -a characteristic length of viscosity effect

For a waveguide, so-called "wide", with a Stokes number r v > 10, we can use the following simplified formulae (dispersion is also ignore):

(2)

The transmission line formalism allows for easy modeling of concatenated cylinder waveguides with section discontinuities, assuming that pressure and volume flows are continuous at a section change (Z lef t = Z right at a discontinuity).

A complete modeling requires defining boundary conditions. The input impedance of a waveguide (for example Z 1 (ω) at axis x 1 ) requires defining boundary conditions at x 2 . For a closed waveguide, we set Z 2 (ω) = +∞ (a node of flow). For an opened waveguide, Appendix we take into account the radiation impedance Z 2 (ω) = Z R (ω) as an unflanged case [START_REF] Silva | Approximation Formulae for the Acoustic Radiation Impedance of a Cylindrical Pipe[END_REF]:

with the acoustic wave number k = ω/c and the reflection coefficient R such that |R(ω)| = 1 + 0,8(kr) 2 1 + 1,3(kr) 2 + 0,266(kr) 4 + 0,0263(kr) 6 (5)

and the acoustic length end correction l is defined as l r = 0,6133 1 + 0,0599(kr) 2 1 + 0,238(kr) 2 -0,0153(kr) 4 + 0,00150(kr) 6 .

(6)

The input impedance Z in of a cylindrical waveguide of length L can be reduced to its output to compute the radiation impedance:

Moreover, for all models computation, the temperature is set to T = 293,16 K. For comparison with models, the frequency axis of measurements performed at a temperature T meas (in Kelvin) is corrected to T = 293,16 K (20 °C) as:

Appendix The choice to minimize d 4 i and not d 2 i (as in a classical least squares method) tends to increase the weight on the estimated solution of the most distant points in the distribution of the measured points. This can have the disadvantage of increasing the sensitivity to very noisy or outlier points from measurements. The analytical solution of the system (Eq. ( 12)) is written as follows:

x c = (P 21 P 11 -P 12 P y )/D y c = (P 12 P 11 -

, and

The solution (Eq. ( 13)) for the three circle parameters (x c ,y c ,r) is all the more precise as the n measurement points are distributed on the circle and that the measurement has little noise. Three points (n = 3) is a strict minimum in order to identify X 0 , Y 0 and X 1 in Eq. ( 9).

The travel of the circle is then studied to retrieve f R and Q R , respectively the resonance frequency and the quality factor. For each point (x i ,y i ) is defined the angle α i between G 1 and the radius G(f 

The case Y 1 = 0 sets that the frequency resonance is defined as the circle right extremum, and the angle α i is defined with respect to the horizontal plane. The circle has a frequency scale such that:

The circle fitting method described previously is applied on each defined frequency band (see Fig. B.3) to estimate associated resonance frequency f R i and quality factor Q R i . The resonance bandwidth is computed as 

B.3 Robustness to Gaussian noise

The modal analysis method is numerically tested under noisy measurements condition. We simulate a measurement performed with the method described in Sec. II.2.2. A calibration chirp signal (closed-mouth condition-like) is computed as a linear swept-tone with the following parameters: sampling frequency f s = 44,1 kHz, initial frequency f initial = 100 Hz, final frequency f f inal = 5500 Hz, duration T chirp = 1 s, fade-in and fadeout durations T f ade = 50 ms, amplitude A = 1. A measure chirp signal (open-mouth condition-like) is computed as the calibration chirp signal filtered by the frequency response at the lips modeled by an acoustic transmission line for a 15 cm metal cylindrical waveguide.

Gaussian noise is added to both signals in order to obtain Signal-to-Noise Ratios from 30 dB to 3 dB. Then the deconvolution method (see Sec. II.2.1.1) and the correction with a calibration-like signal are applied to extract the frequency response at the lips from the simulated measure. Modal analysis based on the Kennelly circles fitting is performed on the first four resonance frequency bands defined for the noise-free case (see Fig. The estimated resonance frequencies in noisy cases are close to the noise-free case whatever the SNR is. A slight underestimation of the mean frequency appears for low SNR, and the standard deviation rises as expected. The estimated quality factors are underestimated if the SNR is lower than 20 dB, except for the first resonance whose mean quality factor stays close to the noise-free case. The standard deviation of the estimated quality factors suffers from SNR lower than 20 dB. As a resume, the modal analysis method is robust against Gaussian noise for the resonance frequency estimate but the quality factor estimate accuracy decreases if the SNR is lower than 20 dB. 

C Numerical test signals

In this appendix, we describe the numerical signals used to test the separation method between the voice and the excitation signal. Appendix numerical results Sec. IV.2.5. The system is written as: τ ) . . . where ∆φ ′ = φ ′ 1 (τ ) -φ ′ 2 (τ ) and ∆φ ′′ = φ ′′ 1 (τ ) -φ ′′ 2 (τ ).