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ABSTRACT

This thesis investigates the tonic vowel system of the Todi variety of Italian from
both an engineering and a psycholinguistic perspective. Todi, a hill town in south-
western Umbria, belongs to the central Italian dialect zone. Measured data collected
for this study show systematic acoustic deviations from Standard Italian. A uniform
elevation of the first formant (F) is observed across all seven tonic vowels, alongside
a front-back asymmetry in the second formant (F,) that expands the peripherality

of the vowel space.

To investigate whether these acoustic differences correspond to differences in lis-
teners’ perceptual vowel prototypes, synthetic stimuli are generated. A formant
synthesizer is developed with an alias-free Liljencrants—Fant glottal source to pro-
duce five-step continua interpolated between the Todi and Standard Italian vowel

targets for the seven Italian tonic vowels in Bark space.

Three synthesis conditions (natural, robotic, rough) were evaluated in a MUSHRA
naturalness task. Results confirmed that the rough condition was rated poorly when
compared with the other two. A forced-choice identification task then confirmed
categorization of all seven vowels with an overall above-chance accuracy of 71.8%.
A prototype selection task found that listeners from Todi did not select continuum
steps closer to the values measured for their dialect. On the contrary, non-Todi,
non-Tuscan listeners selected more Todi-like positions. This pattern was most
pronounced for the front vowels. These results suggest that speakers from Todi
do not have separate mental targets for their vowel inventory than Standard Italian

speakers, or that the different acoustic behavior of the Todi speakers is unregistered.
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Chapter 1

INTRODUCTION

This thesis investigates the perception of tonic vowels in the variety of Italian spoken
in Todi, a central Italian comune in the province of Perugia, using a psychoacoustic
experiment built around synthetic speech stimuli. The study investigates two related
questions: first, the evaluation of the performance of a parallel formant synthesizer
and its production of vowel stimuli and their sufficiency for valid perceptual judg-
ments; second, whether listeners from Todi locate the perceptual prototypes of their
tonic vowels at different positions along formant continua than listeners from other
Italian regions, in a way consistent with the systematic acoustic differences between

the two varieties.

The methodological approach is based on an important distinction in speech syn-
thesis between parametric and data-driven systems (Taylor, 2009). Parametric, or
rule-based, synthesizers generate speech from explicit mathematical descriptions of
the vocal tract: formant frequencies, bandwidths, and amplitudes are set directly by
the researcher, and the mapping from parameter to acoustic output is fully transpar-
ent. Data-driven approaches instead learn to produce speech from large corpora,
using statistical or machine learning models. The state of the art has evolved over
time, from approaches such as Hidden Markov Models (Taylor, 2009) to modern
neural waveform models (Oord et al., 2016)), and these days can achieve striking
naturalness. However, the internal parameters of these models, whether statistical
distributions or neural network weights, do not correspond to interpretable acoustic
quantities. The relationship between input and output is effectively a black box, with
no accessible representation of the acoustic signal in terms of formant frequencies or
vocal-tract properties. A formant synthesizer, by contrast, operates as a transparent,
glass-box system: every parameter has a clear acoustic interpretation, and each can
be varied independently while all others are held constant. It is this parametric

transparency, and not naturalness, that makes formant synthesis the preferred tool
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for acoustic phonetic research, where the objective is to establish causal relationships
between specific acoustic dimensions and perceptual responses (Raphael, Borden,
and Harris, 2011).

The perceptual component of the experiment is grounded in the prototype theory
of phonetic categories and the hyperspace effect. Kuhl (1991) established that
vowel categories are organized around internal prototypical exemplars that act as
perceptual attractors, compressing the perceived distance between tokens near the
prototype and expanding it near the category boundary. Johnson, Flemming, and
Wright (1993) showed that listeners’ phonemic targets are displaced toward hyper-
articulated, peripheral positions that exceed the acoustic mean of naturalistic speech.
Since the tonic vowel space of Todi Italian exhibits a characteristic elevation of F
and an expansion of F, for front vowels relative to the Standard Italian reference
documented by Ferrero et al. (1978), the perceptual targets of these two speaker
populations are of particular research interest.

1.1 Speech synthesis as a research tool

The use of synthetic speech as experimental stimuli has a long history in speech
perception research, as it permits a fundamental methodological advantage: acoustic
parameters can be manipulated with a precision and independence that is unattain-
able with natural recordings. In natural speech, formant frequencies, fundamental
frequency, voice quality, duration, and co-articulatory transitions co-vary in ways
that cannot be decoupled without fundamentally altering the stimulus. Synthesis, in
contrast, allows the experimenter to hold all parameters constant except those under
direct investigation. This allows the researcher to attribute perceptual effects unam-
biguously to the manipulated variables or dimensions (Raphael, Borden, and Harris,
2011)). This controllability is the primary rationale for the use of synthetic stimuli in
the present study. Since the experimental question concerns the perceptual effect of
a precisely defined variation between the Todi and Standard Italian measurements
of F| and F3, the stimuli must vary along that dimension alone, with voice quality,

duration, and higher formants held constant across all continuum steps.

The use of synthesis to investigate vowel perception begins with the work done
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by Cooper et al. (1952), who demonstrated with a hand-painted pattern playback
synthesizer that listeners could reliably identify vowels from stimuli containing only
two spectral bars positioned at the approximate locations of F; and F;. This result
established that F| and F> are jointly sufficient (and individually necessary) for vowel
identity. This finding was subsequently confirmed and extended to natural speech
by Peterson and Barney (1952) across a large and phonetically diverse sample
of American English speakers. These and subsequent studies demonstrate the
suitability of the F|—F; plane as a parameter space for vowel continuum construction
and provide the empirical basis for the two-formant interpolation design described
in Section 2.4l

The principal objection to synthetic stimuli in perception experiments is that lis-
teners may respond to the artificial quality of the signal rather than to its phonetic
content, producing results that reflect characteristics of the synthesizer rather than
the listener’s phonological categories. This concern is not hypothetical: D. H. Klatt
and L. C. Klatt (1990) demonstrated that voice quality parameters, including jitter,
shimmer, and spectral tilt, exert measurable effects on vowel naturalness ratings
and can interact with phonetic category judgments. For this reason, the present
implementation replaces the simple impulse train excitation used in early formant
synthesizers with the LF (Liljencrants-Fant) glottal flow derivative model (Fant, Lil-
jencrants, and Lin, [1985; Gobl, 2021). The impulse train produces a spectrally flat
glottal excitation that, while adequate for intelligibility, yields a characteristically
robotic quality that listeners may not accept as a natural vowel. The LF model,
in contrast, generates a waveform with physiologically realistic open-phase and
return-phase dynamics whose spectrum more closely approximates natural modal
phonation. The validity of the synthesis is not just assumed but also empirically
tested: the MUSHRA task (Section provides a direct measure of the perceived
naturalness for each synthesis condition against a natural speech reference. Further-
more, a forced-choice identification task (Section [3.8)) verifies wether the synthetic

vowels are categorized consistently with their intended phonetic targets.

The vocal tract filter is implemented as a formant synthesizer, in which the vocal
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tract transfer function is approximated by a bank of second-order digital resonators,
each tuned to a formant frequency and bandwidth, as proposed by D. H. Klatt
(1980). Two standard topologies exist. In the cascade synthesizer, resonators are
connected in series so that their transfer functions multiply: this arrangement has
the advantage of self-calibrating formant amplitudes through the natural interaction
of adjacent resonances, without requiring explicit gain adjustment for each formant.
However, it is less well suited to perception experiments, because formant amplitudes
are not independently controllable: any change to Fj or its bandwidth propagates
through the amplitude structure of all higher formants (D. H. Klatt, [1980). In
contrast, the parallel synthesizer connects resonators so that their outputs sum, and
assigns an independently settable gain parameter to each branch, allowing formant
amplitudes to be matched precisely to a reference spectrum. Holmes (1983) argues
on these grounds that the parallel architecture is the preferable configuration for
speech perception research, where the correspondence between synthesis controls
and measurable acoustic properties must be exact. For the present study, which
requires reproducible formant amplitude calibration across a five-step continuum
and across three qualitatively distinct excitation conditions, the parallel architecture

is adopted.

For this experiment a parallel formant synthesizer is developed using an alias-free
LF glottal source to provide a controlled and parametrically transparent system for
generating synthetic vowel stimuli. Its principal advantages over natural recordings
(parameter independence, reproducibility, and the ability to interpolate smoothly
between acoustic endpoints) are exploited by the continuum construction procedure
described in Section 2.4 The complete synthesis pipeline is presented in Chapter 2]
and covers the source-filter model (Section [2.1)), the cascade and parallel filter
implementations with gain calibration (Section [2.2)), the LF source model and its
jitter, shimmer, and tremor perturbation parameters (Section[2.3)), and the Bark-space

interpolation procedure (Section [2.4)).



1.2 Research questions

This thesis considers two related research questions, one from an engineering per-
spective and the other linguistic. The engineering question concerns the perceptual
adequacy of the synthesis pipeline. The synthesizer must produce stimuli of suffi-
cient naturalness such that listeners can engage with them as phonetic objects rather
than as artifacts of the synthesis process. The linguistic question, as the primary
scientific investigation of this work, concerns the representation of vowel prototypes
in Standard Italian listeners compared with those from Todi. For this reason, the
linguistic research is interpretable only after the stimuli engineering has been shown

to be satisfactory.

The engineering question is more specifically: does the developed speech synthesis
system (parallel formant synthesizer; alias-free LF glottal source; jitter, shimmer,
and tremor) produce tonic vowel stimuli of sufficient naturalness to support valid per-
ceptual judgments, or does it introduce systematic artifacts that could bias listeners’
responses? Three synthesis conditions (robotic, natural, and rough) are evaluated
against a natural speech reference in a MUSHRA evaluation (International Telecom-
munication Union, 2015). The hypothesis is that the natural condition will exceed

the robotic and rough conditions in rated naturalness and approach the reference.

The linguistic question investigates if listeners from Todi locate their perceptual
prototype (the location in the Fi-F, space they consider most representative of
each tonic vowel in their own dialect) at a different position from Standard Italian
listeners along a continuum between the Todi measurements and those of Ferrero
et al. (1978)). Kuhl (1991) established that vowel categories are organized around
internal prototypes that act as perceptual attractors ("magnets"), compressing the
perceptual space near the category center and expanding it at the periphery. Johnson,
Flemming, and Wright (1993)) offer compelling evidence for a phenomenon that they
deem the "hyperspace effect’, which indicates that listeners’ internal prototypes are
displaced towards hyper-articulated peripheral targets that extend past measured
values collected from laboratory speech samples. These findings predict that Todi

listeners would locate their prototypes closer to the Todi targets, while Standard
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Italian listeners would favor positions closer to the Standard Italian targets. The
magnitude of this divergence is expected to vary across vowels in proportion to the

perceptual distances between the two varieties’ targets.

For the prototype selection results (Section [3.9) to be interpretable as evidence
for genuine perceptual representations, the synthesis must be sufficiently natural to
elicit phonetic responses. The MUSHRA evaluation (Section[3.7)) and forced-choice
identification task (Section [3.8)) verify these preconditions before the main task is
interpreted. The experimental design and results are presented in Chapter [3] and
Chapter 4]

1.3 Thesis overview

The remainder of this thesis is structured to address the two research questions
identified in Section [I.2}; from the engineering approach to speech processing that
makes the experiment possible, through the experimental design, to the empirical

results and their phonological and cognitive interpretation.

Chapter [2] presents the synthesis system: source-filter theory, the parallel and cas-
cade vocal tract filter implementations with gain calibration, the LF glottal source
model and its jitter, shimmer, and tremor parameters, and the Bark-space continuum

synthesis procedure.

Chapter [3] presents the experimental methodology. The phonological background
on Standard Italian and the Todi variety is provided in Sections[3.1]and[3.2] followed
by the Todi speaker data collection and acoustic analysis (Sections [3.3|and [3.4)), the
theoretical framework for the perception experiment (Section [3.5)), the continuum
design (Section[3.6)), and the three experimental tasks: MUSHRA quality evaluation,
forced-choice identification, and prototype selection (Sections[3.7]to [3.9).

Chapter [ reports the results of all three tasks and discusses their implications.

Chapter [5] draws overall conclusions, identifies the principal limitations, and pro-

poses directions for future work.



Chapter 2

IMPLEMENTATION

2.1 Source-filter theory

The acoustic theory of speech production, formulated by Fant (1960)), proposes that
the speech signal can be decomposed into three separable components: a sound-
generating source at the larynx, a resonant vocal tract filter that shapes the source
spectrum, and a radiation characteristic that models the acoustic transformation
occurring as sound radiates from the lips. In the frequency domain, these three
contributions combine multiplicatively, so that the output speech spectrum S( f) is

expressed as:
S(f) =Ug(f)-T(f) - R(S) 2.1)

where U, ( f) is the glottal volume velocity spectrum, T'( f) is the vocal tract transfer
function, and R(f) is the radiation characteristic. The mathematical relationship
between source and filter draws on signals and systems theory for the convenient
practical consequences of separating speech production into components. This

separation has profound consequences for synthesis design, as will be shown.

The most important theoretical result of the source-filter model is the assumed in-
dependence of the source and the filter. The laryngeal source (both during the
quasi-periodic vibration of the vocal folds during voicing and the production of
turbulent noise generated with a constriction during frication) is generated by mech-
anisms that are, approximately, unaffected by the configuration of the overlying
vocal tract. Conversely, the supra-laryngeal vocal tract resonates at frequencies de-
termined by its geometry, independently of the mode of laryngeal activity. Raphael,
Borden, and Harris (201 1)) illustrate this independence through the following simple
example: speakers can smoothly glide from one pitch to another while sustaining
a fixed vowel and simultaneously alter the source (fundamental frequency) while

holding the filter (formant structure) constant. The two systems therefore behave
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like a linear time-invariant (LTI) system. This in turn allows the formulation of

the output speech spectrum as a series of products in the frequency-domain as in
Eq. (2.1).

Independence allows for three main advantages for digital synthesis. First, the
vocal tract can be modeled as a linear time-invariant filter driven by an independent
excitation signal. This system design reduces a complex biological process into a
standard digital signal processing and filtering problem. Second, source parameters
(e.g. fundamental frequency, voice quality, etc.) and filter parameters (e.g. formant
frequencies, bandwidths, and amplitudes) can be manipulated independently without
mutual interference. This provides much more precise control over experiments
than a monolithic system. Third, a single digital filter configuration can be powered
by qualitatively different source signals without restructuring the filter itself. For
instance, a periodic pulse train for voicing or broadband noise for frication. The
vocal tract filter 7'( f) is characterized acoustically by a set of resonant peaks called
formants. Formants are the natural resonant frequencies of the vocal tract, which
are created when sound waves bounce back and forth inside the mouth and throat
to amplify specific frequencies. For simplicity of calculation, the vocal tract is
often modeled as a concatenation of uniform acoustic tubes. As a result, its transfer
function contains only poles. Its denominator polynomial is therefore a product
of complex conjugate pole pairs, each corresponding to a single formant (D. H.
Klatt, 1980). Digitally, each conjugate pair is realized as a second-order infinite
impulse response (IIR) resonator. This serves as the basic building block of formant
synthesis, described in detail in Section While the human vocal tract possesses
resonances extending well above the range of intelligibility, Holmes (1983) notes that
five resonators adequately model the spectral envelope up to 5 kHz, the perceptually
relevant range for vowel quality in an adult male vocal tract. The synthesizer

developed for this thesis thus limits its output to this range of frequencies.

The radiation characteristic R(f) describes the physical behavior of sound as it
leaves the speaker’s lips and travels through air. Because higher frequencies radiate

from the head more efficiently, this process behaves similarly to a high-pass filter.
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Figure 2.1: Frequency response of a second-order resonator, showing formant peak
F and bandwidth B.

Practically, this implies an increase in magnitude of +6 decibels per octave. However,
in the present implementation, this term is not modeled as an explicit filter, as it is
already accounted for in the differentiated glottal flow waveform generated by the
LF model. Given that the vocal tract is treated as a LTI system, the order in which its
components are cascaded does not affect the overall system response (Oppenheim,
Willsky, and Nawab, [1996).

It should be noted that the source-filter independence assumed by Eq. is an
assumption that models the phonation process rather than reproducing it exactly. In
reality, the assumption of linearity is "fulfilled in essentials only" (Fant, 1995). The
phonation process is only roughly linear, as pressure variations within the vocal tract
can influence the airflow from the vocal folds. Furthermore, the filtering properties
of the vocal tract itself change rapidly even during a single cycle of vocal fold
vibration. When synthesizing vowel sounds, these effects have some importance

and can produce audible differences if ignored entirely. In any case, these minor
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effects fall outside the purpose and scope of the present work and can therefore be

neglected.

To summarize, source-filter theory provides a mathematically elegant and transpar-
ent model for vowel production that closely approximates the acoustic properties of
human phonation. In the following sections, the vocal tract filter in cascade and
parallel implementations is examined (Section [2.2)); the glottal source model and its
perturbation parameters are described (Section[2.3)); and the procedure for generating

perceptually graded continua from these components is detailed (Section [2.4)).

2.2 The vocal tract filter

The vocal tract filter is the component of the synthesis system directly responsi-
ble for shaping the formant structure and spectral envelope of the synthetic vowel
stimuli. Two complementary filter architectures are employed in sequence. A
five-formant cascade synthesizer model is computed first: the cascade topology
incorporates an implicit higher-pole correction that produces theoretically accurate
formant amplitudes without requiring explicit gain specification for each resonance
(Holmes, 1983). However, because the perceptual continua in this study are defined
exclusively in the F'|-F, plane, the spectral contribution of the upper formants must
be withheld from listeners. Truncating a cascade filter directly would disturb the
amplitudes of the lower formants, since their amplitudes are dependent on higher
resonances. To avoid this, the cascade output is used not as the final stimulus but as a
calibration tool. The formant amplitudes it produces are extracted and used to set the
per-formant gain parameters of a three-formant parallel synthesizer model. Because
the parallel architecture affords independent control over each formant amplitude, it
can reproduce the Fj—F3 spectral envelope of the cascade exactly while excluding all
higher-formant information from the output. F3 is retained in the stimulus alongside
F and F, due to its importance for accuracy in vowel identification tasks (Hillen-
brand et al., |1995)). Without F3, the second formant would have to be artificially
raised to a position very close to the third formant in order to generate convincing

front vowels (Raphael, Borden, and Harris, 2011)).
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The transfer function class

The transfer functions of the two synthesizers are implemented in the frequency
domain through a combination of second-order digital resonators. Because Python
lacks a dedicated package for manipulating pole-zero transfer functions, a custom
object-oriented TF class was developed. The class stores the numerator and denom-
inator polynomial coefficients of a rational transfer function H(z) = B(z)/A(z).
This class serves as an abstract representation of the underlying mathematics that
enables direct arithmetic operations on transfer functions in accordance with clas-
sical signal-processing theory. Multiplication of two transfer functions (cascade
connection) is carried out through convolution of their respective numerator and
denominator coefficient arrays. Addition (parallel connection) follows the alge-
braic procedure for summing fractions: the numerators are cross-multiplied with
the opposite denominators, the resulting numerator polynomials are added, and the
common denominator is obtained by convolution of the individual denominators.
Operator overloading simplifies the syntax so that transfer functions combine using
familiar Python notation. Full code listings of the TF class and all related helper

functions are provided in Appendix [A]

Digital resonator design
Individual second-order formant resonators are constructed with a dedicated function
resonator. Given a formant frequency F,, bandwidth B,, and sampling period

T, = 1/ f;, the pole radius and angle are computed as:

r=e " Bnls (2.2)

0 =2nF,Ts (2.3)

The resulting transfer function takes the standard digital resonator form (D. H. Klatt,

1980):
R(z) = - 2.4)
1-Bz7!-Cz2
where coeflicients A, B, C derive directly from the equations given in D. H. Klatt
(1980), thatis, B = 2rcosf,C = —r%,and A = 1 —B—C. This produces a resonance

peak at frequency F, with bandwidth B,,.
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Cascade system
For vowel sounds, the cascade connection models the vocal tract transfer function
by connecting the individual resonators R, in series. The continuous-time all-pole

transfer function of Fant’s (1960) acoustic tube model of the vocal tract is:

= SpSy
LN Feeratemrn 2

While the number of poles is infinite, resonances above 5 kHz carry very little
importance to the output signal. In particular, both the power spectral density
of the sound source and the sensitivity of human hearing are reduced above this
range. In digital systems, the z-domain transformation automatically produces an
infinite series of poles. As a result, it is sufficient to explicitly model poles up to
the Nyquist frequency for automatic higher pole correction (Holmes, [1983). The

resulting discrete-time transfer function of the vocal tract filter is therefore:

N
H(z) = ]_[ R, (2.6)
n=1

where R, is the n-th formant resonator. In the present implementation, the function
cascade returns the overall transfer function of the concatenated resonators as a TF

object.

Parallel system and gain calibration

The parallel architecture feeds the input signal simultaneously into all resonators
and sums their outputs. Because the transfer functions are combined additively
rather than multiplicatively, the natural higher-pole correction of the cascade model
is absent: formant amplitudes do not self-correct and must be controlled explicitly

through individual gain parameters. The overall parallel transfer function is:

N
H(z) = )" (<1)" Ry Gy Hiiter 2.7)

n=1

where, for each formant n, G, is the gain factor, Hgye 1S a spectral shaping filter,

and (—1)" is a scalar coeflicient for alternating polarity. Since the importance of
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gain control has already been addressed, the reasoning underlying the choice of

alternating polarity and spectral shaping filters will now be discussed.

Two spectral-shaping operations are required to produce clean vowel spectra. A
pre-emphasis filter
H(z) =1-az! (2.8)

is applied to the F branch and a first-difference differentiator
H(z)=1-z"" (2.9)

is applied to all higher formants. These filters remove the low-frequency skirt energy
from the higher resonators that would otherwise bleed into the F region and distort
the spectrum. Polarity alternation (—1)" is applied across all branches. Without
it, destructive interference between parallel branches would produce deep spectral
notches in the valleys between formant peaks. The alternating sign (+/—) mitigates
this effect and yields smoother combined spectra (D. H. Klatt, |1980).

Gains, used to match amplitudes with the cascade reference, are calculated in a
two-step process. First, the parallel system is calculated with unity-gain. From this
first model, the peak magnitudes at each target formant frequency are extracted.
Subsequently, the required gains are then computed as the ratio of the cascade peak
amplitudes to the corresponding unity-gain parallel peaks. These gains are then
passed to the parallel function. This aligns the formant peaks of the parallel

model with those of the cascade reference within 0.1 dB.

Despite the calibration overhead, Holmes (1983) argues that the parallel architecture
is superior to the cascade for speech perception research. Because the amplitude
of each formant is an explicit, independently controllable parameter, the model’s
controls correspond directly to measurable acoustic properties. Formant frequency,
bandwidth, and amplitude can therefore be verified and adjusted against spectral
measurements of natural speech with maximum control. Holmes (1983) further
demonstrates that parallel synthesizers are able to handle all speech sounds mono-
lithically, whereas cascade synthesizers require separate control parameters for con-

sonants such as fricatives and plosives, which introduces discontinuities at phonetic
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Figure 2.2: Frequency responses of the transfer functions for each of the seven
vowels derived from mean formant frequencies and bandwidths measured across
eight speakers from Todi. Five resonators (F1—F5) are used to generate the cascade
filter (dotted). The parallel filter (solid) is then gain-calibrated to match (F|—F3).
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boundaries. In the context of psycho-acoustic research, this is relevant for the gener-
ation of whole words and connected speech. The present experiment, however, only
requires the synthesis of steady-state vowels. For that reason, the precise formant
amplitude control of the parallel model is more suitable for the constraints of the

continuum stimuli.

Comparison of systems

The magnitude responses of the cascade and parallel vocal tract transfer functions
show excellent agreement in the location and amplitude of the formant peaks across
all seven vowels. This confirms that the computed gain array successfully aligns the
parallel model with the natural resonance heights of the cascade reference. Peak

deviations remain below 0.1 dB for the target formants.

Table 2.1: Center frequencies (f, Hz) and bandwidths (B, Hz) for F—F3 of each of
the seven Todi vowels.

F F Fs
Vowel f B f B f B

/i/ 344 108 2601 164 3236 489
Je/ 446 92 2380 177 2912 407
Je/ 549 86 2193 190 2887 395
Ja/ 912 126 1467 157 2594 348
/o/ 643 188 1032 204 2918 322
Jo/ 505 219 892 243 2794 246
/u/ 378 320 717 227 2825 453

The vowel /o/ exhibits the most pronounced divergence between the two synthesis
models. While the cascade response rolls off gradually above F, (892 Hz), the
parallel develops a sharp trough below —25 dB near 2000 Hz before recovering at
F3 (2794 Hz) as a result of the sign alternation between adjacent parallel branches.
The vowel /u/, overall, presents the most heavily attenuated spectrum: the wide F;
bandwidth of 320 Hz rounds the first resonance into a shallow peak barely above 0
dB, and the response remains at or below —15 dB across the entire region above 1000

Hz. In /i/, a deep valley spanning roughly 800 to 2000 Hz separates a moderate
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F peak of approximately 12 dB at 500 Hz from the F>—F3 region, where the two
resonances (2601 and 3236 Hz) merge into a broad plateau near 22 dB with only a

shallow dip between them rather than two sharply resolved peaks.

Compared to the five-resonator cascade model, the parallel model (calibrated to

match only Fj—F3) exhibits a steeper spectral roll-off above F3, as expected.

2.3 The glottal source

The vocal tract filter described in the previous section shapes the spectral envelope
of the output, but it is only as good as the signal that drives it. In formant synthesis,
that driving signal is a model of the glottal airflow pulse, which determines the
overall spectral slope and perceived voice quality of the result. A simple periodic
impulse train produces technically correct formant structure but sounds unmistak-
ably synthetic; the regularity is inhuman. Constructing a realistic source therefore
requires tackling two separate layers of the problem: first, the shape of the individual

glottal pulse, and second, the irregularity of the real human voice.

The LF model

The standard model for the glottal source in formant synthesis is the LF model,
introduced by Fant, Liljencrants, and Lin (1985). Rather than modeling the glottal
airflow directly, the LF model specifies its time derivative. When the time derivative
is convolved with the vocal tract transfer function the output speech signal is pro-
duced. The LF model is particularly suited to speech synthesis and analysis because

its key acoustic events are easy to parameterize.

Each glottal cycle is described by two piecewise segments. During the open phase,
when the vocal folds are opening and closing, the flow derivative follows an expo-
nentially growing sinusoid that rises to a negative peak at the main excitation instant
T,. From that peak, the return phase brings the waveform back to zero through an

exponential decay governed by the return time constant 7.

The four original model parameters were subsequently reformulated by Fant (1995)

into a single parameter R;. The R, value captures the dominant dimension of co-
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Figure 2.3: The LF-model from Gobl (2017).

variation among the original parameters and ranges from approximately 0.3 (pressed,
tense phonation) to 2.7 (breathy, lax phonation) for normal voices. Increasing R,
raises the open quotient and lengthens the return phase. As a consequence, the
source spectrum has a gentler roll-off and a stronger fundamental relative to its
harmonics. Listeners hear this as increased breathiness. Decreasing R; has the
opposite effect. The R; parameter is therefore the primary control handle for voice

quality in the present synthesis system.

Generating an LF pulse for a target R; value is not straightforward, because the
mapping from parameters to R; is nonlinear. Gobl (2017)) provides an iterative
Newton—Raphson algorithm that solves for the underlying parameters while enforc-
ing the required R;, which ensures convergence across the full permissible range of

voice qualities.
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Alias-free frequency-domain implementation

Sampling an LF pulse in the time domain introduces aliasing: energy above the
Nyquist frequency folds back into the spectrum. Gobl (2021)) eliminates this prob-
lem by computing the pulse spectrum analytically from its Laplace transform and
sampling it directly in the frequency domain. This technique produces an alias-free
LF pulse without distortion from aliasing. Aliasing effects are perceptually, having
been confirmed by Wang and Gobl (2023), whose listening experiments showed that
the distortion is reliably detectable even at 20 kHz sampling rates and becomes more
salient as fundamental frequency increases. For that reason, present implementation

uses the frequency-domain method of Gobl (2021) throughout.

Jitter, shimmer, and tremor

A perfectly periodic LF source still sounds robotic, as human phonation is never
perfectly periodic. This noise is perceptually relevant to a natural sounding voice
(D. H. Klatt and L. C. Klatt, [1990). For the purposes of the present study, three

distinct perturbation phenomena will be considered.

Jitter is random fluctuations in the fundamental frequency. In normal modal voice,
jitter is small: Schoentgen (2003) reports median relative jitter of approximately
0.4% of the cycle length across a corpus of 114 sustained vowel utterances from
healthy speakers. At these levels, jitter contributes the slight organic roughness of
a natural voice. During phonation, the laryngeal musculature contracts at intervals
that are approximately (but never exactly) regular (Schoentgen, 2001} Schoentgen
and Aichinger, [2019).

Shimmer is random variation in the peak amplitude of successive glottal pulses.
Typical values in normal voice are in the range of 1-3% of mean amplitude (Farrts,
Hernando, and Ejarque, [2007). Like jitter, moderate shimmer is an expected feature
of healthy phonation; it is measurable even in professionally trained voices. D. H.
Klatt and L. C. Klatt (1990) demonstrated through analysis, synthesis, and listening
experiments that both jitter and shimmer contribute to perceived naturalness, and

that artificially removing them from natural speech makes it sound more robotic.
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Tremor is a slow, quasi-sinusoidal modulation of fundamental frequency and am-
plitude simultaneously. This is caused by vibrations in the laryngeal muscles at
frequencies typically between 4 and 6 Hz (Schoentgen, 2003). In normal voices,
tremor is present at low amplitudes and produces a subtle wavering in sustained
vowels. Listeners associate this wavering with living phonation rather than robotic
synthesis. Atelevated amplitudes or irregular rates, tremor is pathological, however,

at normal levels, it is simply a component of the natural voice pattern.

fa/

Magnitude (dB)

0 T 1000 2000 3000 4000 5000
Frequency (Hz)

Figure 2.4: Spectrum of the parallel formant synthesizer for the Todi /a/ stimulus.

These three parameters contribute in varying degrees to shaping the glottal source.
In the three source conditions used in this experiment, their levels are varied to span
a perceptual range from wholly unperturbed to naturally perturbed to excessively
rough. The MUSHRA naturalness evaluation in Section tests how listeners

respond to this parametric range.

2.4 Continuum synthesis

The Bark scale and its perceptual motivation

The perception experiment requires stimuli that form a graded continuum between
the two phonetic targets: on one end, the vowels from Todi, and on the other the
Standard Italian vowels from Ferrero et al. (1978)). A simple implementation would

be to linearly interpolate the target formant frequencies in hertz. However, this
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is not a satisfactory solution, as the relationship between physical frequency and
tonotopic nature of the cochlea is nonlinear. Because of this, the Hz scale does not
yield perceptually equal steps. Equal-sized steps in hertz therefore correspond to
unequal perceptual distances, particularly at the lower end of the formant frequency
range where the tonotopic scale compresses rapidly. For this reason, interpolation is
instead performed on the Bark scale, which approximates the tonotopic organization

of the human auditory apparatus.

Traunmiiller (1990) explains that the Bark scale maps to areas where different fre-
quencies stimulate the inner ear. Since this mapping represents the physical distance
between them inside the ear, the Bark scale is well suited for perception experiments.
Traunmiiller (1990) derives the following approximation for the critical-band rate z

in Bark as a function of frequency f in Hz:

26.81 f

= ————0. 2.1
1960 + f 0.53 (2.10)

<

The inverse transformation, required to convert synthesized Bark values back to

formant frequencies in Hz, is:

1960 (z + 0.53)
f —

= 2.11
26.81 —z—-0.53 2.11)

These expressions are accurate to within £0.05 Bark over the range 200 Hz—6.7

kHz, which encompasses all formant frequencies of interest in the present study.

Having established that the Bark scale is more suitable than a scale in hertz, the step
size between each of the stimuli on the continuum must now be considered. To that
end, the just discriminable difference for formant frequency serves as the lower bound
for meaningful step size. Flanagan (1957) established, through psychoacoustic
experiments with synthetic vowels, that the discrimination threshold for formant
frequency is approximately +3% of the formant value. For typical adult male
formant values this corresponds to absolute precisions of +20 Hz for F;, £50 Hz for
F,, and £75 Hz for F3. In the Bark domain, +£3% at a representative F; of 400 Hz is
equivalent to approximately 0.22 Bark. The five-step continuum described in the

following section yields per-step Bark increments ranging from 0.21 Bark for /u/ to
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Table 2.2: Euclidean distances and per-step increments in Bark between Todi and
Standard Italian tonic vowels on the five-step continua.

Todi (Hz) SI (Hz) Bark
Vowel F1 F2 F1 F2 Distance Step

il 344 2601 290 2310 0.957 0.239
le/ 446 2380 350 2050 1.348 0.337
/el 549 2193 490 1950 0.934 0.234
/al 912 1467 780 1430 0.897 0.224
bl 643 1032 550 970 0.835 0.209
lo/ 505 892 390 870 1.053 0.263
/ 378 717 320 800  0.822 0.205

0.34 Bark for /e/, which places each adjacent pair at or above the JND. This design
ensures that every step is individually discriminable to listeners. Furthermore, it also
limits the total number of stimuli to a reasonable quantity for a single experimental

session in order to prevent participant fatigue.

Linear interpolation in Bark F|—F, space

The five continuum steps are generated by dividing the total distance between the
Todi and the Standard Italian targets by four. The Todi values are derived from the
acoustic measurements of eight Todi speakers described in Chapter 3 the Standard
Italian values are taken from Ferrero et al. (1978). The total Bark distance between
the targets varies across vowels; Table [2.2] reports the per-vowel distances and the
resulting per-step increments. The range spans from 0.822 Bark for /u/, whose Todi
and Standard Italian measurements are closest in the F—F> plane, to 1.348 Bark for
/e/, which presents the greatest separation. In all cases the steps exceed the JND
for the respective frequencies when calculated according to the parameters given by
Flanagan (1957).

Fixed higher formants
Only F| and F, are varied along the continuum. This restriction follows from the

established primacy of the first two formants in determining vowel identity: F; and
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Figure 2.5: Five-step continua between Todi and Standard Italian targets in Bark
space.

F> account for the principal dimensions of tongue height and tongue advancement,
and plots of F versus F; reliably separate the vowels of most languages into distinct
perceptual clusters (Peterson and Barney, 1952} D. H. Klatt,|1980). It is along these
two dimensions that the Todi and Standard Italian vowel systems principally differ;
higher formants are consequently fixed to prevent the introduction of a confusing

third dimension of variation.

The fixed values assigned to each higher formant across all five steps are as fol-
lows. F3 is held at the Todi-measured value for the respective vowel. This choice

maintains acoustic consistency with the reference tokens used in the forced-choice
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identification task (Section [3.8) and avoids a systematic spectral shift in the upper
vowel region that could interact with listeners’ identification responses. Fy is fixed at
the mean of the Todi and Standard Italian measured values. This provides a neutral
midpoint that does not pull the overall spectral character of the stimulus toward
either endpoint across the continuum. Fs is fixed at 4500 Hz for all vowels and all
steps. At this frequency, vowel-specific variation is perceptually negligible, and the
fixed value chosen approximates the mean position of this resonance in adult male
speech (Fant, 1960). As Ferrero et al.’s (1978) data does not include bandwidth
measurements, formant bandwidths are held constant at the Todi-measured values
throughout all five steps. Holding the bandwidths constant ensures that any percep-
tual differences between steps are attributable solely to the shift in formant center
frequency, without confounding contributions from changes in resonance sharpness
or overall spectral level. The effect of bandwidth on peak amplitude is, however,
not trivial and a limitation of this approach (D. H. Klatt, |1980). In the absence of
bandwidth data for the Standard Italian targets, it is nonetheless a reasonable choice,

assuming that the bandwidths between the two varieties do not diverge substantially.

Stimuli

The three experiments, MUSHRA, identification, and prototype selection, require
different stimuli configured to the methodological constraints of the individual task.
First, as mentioned previously, the MUSHRA task requires different stimuli for the
three sound-quality or naturalness conditions: natural, robotic, and rough. Across
the seven vowels, this leads to 3 - 7 = 21 total stimuli. This number increases
to 24 when the set of natural speech recordings extracted from the Todi speaker
data collection used as references are included. For the MUSHRA task the Todi
targets are used. Second, for the forced-choice identification task, seven reference
vowels are synthesized at the Todi targets under the natural condition. Third, for the
prototype selection task, the natural setting is also used for all of the continua. The
details of the variation in the F;—F, Bark space are discussed above; to summarize,
the five equidistant perceptually discriminable steps are interpolated in Bark space

between the Todi and Standard Italian targets while maintaining higher formants
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constant.

All of the stimuli are 250 ms long with a 10 kHz sampling rate and stored as
16-bit PCM WAV files. For the MUSHRA task, each stimulus is bounded by a 5
ms raised-cosine-envelope fade in and fade out as suggested by the International

Telecommunication Union (2015)).
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Chapter 3

EXPERIMENTAL DESIGN

3.1 Italian phonology

In tonic (stressed) syllables, Standard Italian distinguishes seven vowel phonemes:
the high front unrounded /i/, the close-mid and open-mid front vowels /e/ and
/€/, the low central /a/, the close-mid and open-mid back rounded vowels /o/
and /o/, and the high back rounded /u/ (Bertinetto and Loporcaro, 2005). This
inventory is organized along two principal articulatory—acoustic dimensions. The
first dimension, tongue height, inversely corresponds to the first formant frequency
Fy: /a/ occupies the highest F; position (maximally open jaw), whereas /i/ and
/u/ occupy the lowest (maximally closed jaw). The second dimension, tongue
advancement, corresponds to the second formant frequency F»: the front vowels
/i/, /e/, and /e/ have high F, values (forward placement of the tongue), while the
back vowels /u/, /o/, and /o/ have correspondingly low F, values as a consequence
of the rear placement of the tongue (Peterson and Barney, |1952). Together, F; and F;
form a two-dimensional acoustic space that reliably separates the vowel categories
of most languages and serves as the primary input to vowel identity perception (D. H.
Klatt, |1980).

The most phonologically significant feature of the Italian system is the contrast
between close-mid and open-mid realizations within each mid-vowel pair: /e/
(close-mid, lower F}) versus /e/ (open-mid, higher F}) in the front series, and /o/
(close-mid, lower F}) versus /o/ (open-mid, higher F}) in the back series. These
contrasts are distinguished acoustically by a single scalar difference in F;: in the
measurements of Ferrero et al. (1978)), /e/ and /¢/ differ by 140 Hz in F; (350 Hz
versus 490 Hz), and /o/ and /o/ by 160 Hz (390 Hz versus 550 Hz). The open/closed
distinction therefore reduces to a one-dimensional acoustic contrast within each pair,
making it particularly sensitive to variation in jaw aperture and a salient feature to

study in the context of perceptual category boundaries between adjacent vowels.
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However, the seven phoneme contrast is not maintained in all prosodic positions. In
unstressed syllables, the inventory reduces to five phonemes: /¢/ raises towards /e/
and /o/ raises towards /o/, which neutralizes the open/closed opposition entirely
(Bertinetto and Loporcaro, 2005). This positional asymmetry has a direct practical
consequence on experimental design, as stimuli intended to probe the /e/-/¢/ and
/o/-/5/ contrasts must be contained in a tonic syllable: only the stressed position
guarantees the phonemic contrast is active. For this reason, all stimuli in the present
experiment are produced in carrier words with a tonic target syllable, as described
in Section

The acoustic properties of the Standard Italian tonic vowels were documented by
Ferrero et al. (1978)) from recordings of Florentine university students pronouncing
disyllabic /'CV.CV/ carrier words. These measurements are used as the Standard
Italian end of the perceptual continuum constructed in Chapter 2| The full set of F
and F; values is given in Table[3.1] As described above, /a/ has the highest F; value
(780 Hz), compared to /i/ and /u/ at with lowest (290 Hz and 320 Hz respectively).
The clear separation between the close-mid and open-mid pairs in both the front and

back series can also be noted.

Table 3.1: Means and standard deviations of F| and F, in Hertz for the seven tonic
vowels of Standard Italian, from Ferrero et al. (1978)). Speakers were ten Florentine
university students.

/i/ /e/ /e/ /a/ />/ /o/ /u/

F 290 + 35 350 £ 45 490 + 50 780+45 550+40 390+60 320+40
F, 2310+140 2050+110 1950+ 100 1430+80 970+40 870+80 800+ 100

Regional variation in mid-vowel realization is, nevertheless, a pervasive feature
of Italian phonology. The seven tonic vowel inventory is present across most of
the peninsula, but the phonetic values of Fj and F; for the mid vowels, as well
as the lexical assignment of individual words to /e/ versus /e/ and /o/ versus
/o/, vary substantially by region. For instance, Bertinetto and Loporcaro (2005)
show that speakers from Florence, Milan, and Rome each show different acoustic

and distributional patterns. The regional dimension of mid-vowel variability is the
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phonological motivation for the present study. In particular, the experiment attempts
to determine whether speakers of the variety of Italian spoken in Todi, whose tonic
vowel realizations differ systematically from the Ferrero et al. (1978)) Standard Italian
references for both F and F,, as demonstrated in Section[3.2] show correspondingly
different perceptual prototypes in the Fi-F> vowel space. To investigate this, the
seven-vowel tonic system is considered as both a linguistic object under study, as

well as the acoustic basis for the formant synthesis system described in Chapter 2]

3.2 The Todi variety of Italian

Umbria is a landlocked region in central Italy to the south of Tuscany and the
north of Lazio. Situated in the Apennine range, its geographical position also
reflects its cultural and linguistic status as neither Northern nor Southern, but rather
appertaining to what comparative dialectology deems the Central Italian group. This
area encompasses Tuscany, Umbria, Marche, and Latium, with Rome treated as a
partially distinct case, and is distinguished from the Northern and Southern extremes
by the fact that its speakers are, according to Canepari (2026), all native speakers
of Italian: their regional speech derives from the continuous evolution of the local
Latin-descended dialects, rather than from a sustained contact with other substrates.
The dialects of western and southern Umbria belong to the Italia mediana (middle
Italy) type, a compact zone delimited to its north and west by the Rome—Ancona
Line, the bundle of isoglosses running between Rome and Ancona via the Tiber and
Chiascio rivers, which is distinguished from both the Tuscan-based standard and
the upper southern varieties by characteristic vowel features including metaphonic
raising of stressed mid vowels (Vignuzzi, 1997)). For this reason, Central Italian
varieties have, according to Canepari (2026), "inherited the appropriate timbres"
for the open/closed mid-vowel distinctions more faithfully than most other regional
varieties. Nevertheless, there are deviations from this general rule: to the East
and South of the Central dialect zone, including parts of Umbria, /¢/ and /o/
may approach /e/ and /o/ in certain phonological environments. This is a source
of variation that the present study addresses through the speaker selection criteria
described in Section[3.31
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The Italian of the hill town Todi, located in the south-western corner of the province
of Perugia along the Tiber river and bordering the neighboring province of Terni, is
the object of this study. Vignuzzi (1997) identifies, on the basis of Moretti (1987),
a transition zone from the western to the central Umbrian dialect type in the area
running between Scheggia and Todi, which places the community at the southern
boundary of this continuum and thus within the nucleus of the 'middle Italian’
dialect zone. Its use as a sample of the broader Umbrian speech community is
further supported by its geographical centrality within the region. Furthermore,
the broader prestige history of Umbrian speech, as (Canepari, 2026) notes, can be
remembered by the use of speakers predominately from Umbria and non-Roman
Lazio as pronunciation models by Italian broadcasting in the 1950s and 1960s,
before stricter Florentine-based norms became institutionally codified in subsequent
decades. This historical standing lends further motivation to the investigation of the
vowel systems of particular Umbrian varieties and how they differ from Standard

Ttalian.

The acoustic measurements reported in Table [3.2] are derived from recordings of
eight native Italian speakers from Todi (three male, five female) produced in the
carrier-word procedure described in Section [3.3] Steady-state formant frequencies
for F1—Fs were extracted at the midpoint of each carrier-word using Praat, and group
means were computed. Per-speaker means were considered across speakers within
each sex group, following the analysis methodology of Section[3.4] The resulting

values are compared to the Standard Italian reference present in Ferrero et al. (1978)).

Two systematic acoustic differences between Todi and Standard Italian emerge from
the data. The first is a uniform elevation of F;. Across all seven tonic vowels
and both speaker groups, the Todi measurements exceed the Ferrero et al. (1978))
reference in F; without exception. For the combined sample, F; offsets range from
+54 Hz for /i/ to +132 Hz for /a/. The male group shows differences of +4 to
+84 Hz and the female group +74 to +176 Hz. Because F] varies inversely with

tongue height and jaw aperture, a uniformly elevated F| indicates that Todi speakers
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Table 3.2: Mean F| and F, (Hz) for the seven tonic vowels of Todi speakers (males
n = 3; females n = 5; combined n = 8.)

F (Hz) F> (Hz)

Vowel Males Females Combined Males Females Combined

/i/ 3108 364 +33 344+£38 2444+164 2694+65 2601 +164
/e/ 407 £19 469+25 446+38 2204+16 2486+63 2380+ 154
/e/ 494 +2 581+£79 54975 2078+44 2262 +131 2193 +140
/a/ 841 +£28 956 +61 912+77  1422+41  1495+45 1467 +55
/o/ 634 +27 648+47 643 +39 973 + 46 1067 £30 1032 +£59
/o/ 474 £10 524 +33 505=+36 833 + 44 928 + 45 892 + 64

Ju/ 349+ 17 394+23 378+30 670 = 34 744 + 27 717 + 47

produce the entire tonic vowel inventory with a more open jaw configuration than the
Standard Italian reference. At these magnitudes, the displacement along the primary
perceptual dimension of vowel height substantially exceeds Flanagan’s (1957) just

discriminable difference of approximately +3% of the formant value.

The second pattern concerns F,. In this case, the direction of the Todi-Ferrero
difference depends on the front—back class of the vowel. For the three front vowels,
F, is substantially higher in Todi than in Standard Italian: the combined offsets are
+330Hz for /e/, +291 Hz for /i/, and +243 Hz for /¢/. In contrast, the back vowels
/a/, /o/, and /o/ show negligible or modest F, differences (combined offsets of
+37, +62, and +22 Hz respectively), and /u/ shows a reversal: its F; is lower in
Todi than in Standard Italian (—83 Hz; male speakers: —130 Hz). Higher F; in the
front series indicates a more advanced tongue-body position, consistent with a more
peripheral or tense realization of the front vowels. The lower F; for /u/ conversely
points to a more retracted high back vowel. Taken together, the F, pattern suggests
that the Todi dialect expands the perceptual front—back contrast of the vowel space

relative to Standard Italian, particularly at the high front and high back extremes.

The larger absolute offsets in the female group are expected and do not necessarily re-
flect a distinct dialectal pattern: women’s shorter average vocal tract length produces

higher absolute formant values throughout, and the scaling effect is proportionally
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Figure 3.1: Average values in Hertz for vowels of male and female Todi speakers
in the F-F, vowel space, with Ferrero et al.’s (1978) Standard Italian reference for
comparison. Ellipses represent one standard-deviation from the mean.

greater on the F, axis (Rosner and Pickering, |1994). The directional peculiarities
(elevated F1, elevated F; for front vowels, depressed F; for /u/) are consistent across
both sexes and are therefore interpreted as a genuine acoustic property of the Todi
dialect rather than a sampling or experimental artifact. A limitation worth noting is
that the Ferrero et al. (1978) Standard Italian reference does not report separate male
and female values; the dialect—standard comparison is accordingly made against a

mixed-sex reference. This constraint is acknowledged in Section [3.4] and revisited

in Section 4.3]
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3.3 Vowel data collection

Acoustic data for the Todi vowel space was collected using a stimulus word list
modeled directly on that of Ferrero et al. (1978)). The list consists of fourteen
disyllabic Italian words, each containing one of the seven tonic vowels of Italian:
/i/, e/, /e/, Ja/, /o], Jo/, /u/. The vowels were pronounced in a stressed open
syllable preceded and followed by a single consonant (/'CVtV/ and /'CVdV)).
Words are arranged as minimal pairs distinguished solely by the voicing of the
intervocalic stop: the voiceless dental /t/ versus the voiced dental /d/ (Table[3.3).
As in the original study, the initial consonants are labiodental or apico-dental in all
tokens except /'puto/. In addition to the fourteen words, each speaker produced the
seven vowels in isolation, which yielded twenty-one vowel productions per speaker

in total.

Table 3.3: Stimulus word list from Ferrero et al. (1978)).

Vowel —t— —d-

/i/ Jriti/  /'ridi/

/e/ /rete/  /'fede/
/e/ /'lete/  /'sede/
/a/ /rata/ /'rada/
/o/ /loto/  /lodo/
/o/ /'voto/  /'rodo/
/u/ /'puto/ /'sudo/

The use of an identical word list to Ferrero et al. (1978)) serves two purposes. First,
it provides a methodological anchor. The corpus consists of lexically meaningful
Italian words, which reduces artifacts associated with the coarticulation of nonsense
stimuli. The consonantal frame was selected by Ferrero et al. (1978) precisely
because it does not produce systematic perturbations in mean vowel formant values.
A statistical verification found no significant difference in F or F; between the pre-
/t/ and pre-/d/ contexts (Ferrero et al.,|1978)). Voicing does affect vowel duration:
the vowel preceding /t/ is shorter than that preceding /t/ by 8-17%. Duration,
nonetheless, is not the variable of interest here. Second, the identical stimulus design

makes the Todi measurements directly comparable to the only published acoustic
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description of the full Italian seven-vowel system that reports F';—F; means, standard
deviations, and coeflicients of variation under controlled elicitation conditions. This

comparability is exploited systematically in the present study.

These distinction between mid-vowels is effective only in stressed (tonic) syllables;
in an unstressed position the system neutralizes to five vowels (Ferrero et al., |1978).
Regarding the distributional properties of the mid vowels across Italian regional vari-
eties, Canepari (2026) notes that the central-eastern strip of the peninsula, including

Umbria, tends toward a more open realization of /e/ and /o/.

The assignment of each mid vowel word to the correct phoneme category was
verified prior to data entry. The orthophonetic transcriptions provided by Ugoccioni
and Rinaldi (2001)). This step is necessary because Italian orthography does not mark
the open/closed distinction; a word such as rete could in principle be pronounced
with either /e/ or /e/.

Speakers

Eight speakers from the Todi area of Umbria (Province of Perugia) were recorded in
a single session in April 2026. The group comprised three males and five females,
with ages ranging from 18 to 57 years (M = 29.4, SD = 14.9). Inclusion criteria
required that each participant: (i) was born in or had spent their formative years
in the Todi area; (ii) had Umbrian-born parents; (iii) reported no known speech or
hearing disorder; and (iv) was free from illness on the day of the session. All speakers
reported Italian as their first and daily language. Self-reported frequency of Umbrian
dialect use varied from occasional to habitual across the group, as documented via a
background questionnaire administered prior to recording (Table[3.4)). One speaker
(S8) was residing in Milan at the time of recording, with a total of ten years
of residence outside of Umbria. Visual inspection of her individual vowel data
revealed a distributional pattern that departed from the remaining seven speakers
for /e/. The formants measured for this vowel were much closer to the values
reported in Ferrero et al. (1978). This departure is consistent extended residence in
another linguistic environment. Clopper (2021) provides evidence that residential

history is the primary determinant of dialect category representations, and that
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Table 3.4: Biographic data of the eight speaker informants from Todi.

ID Sex Age Birthplace Residence =~ Umbrian parent(s) Dialect (daily)
S1 F 23 Assisi (PG) Todi (PG)  Both 3
S2 F 18  Citta di Castello (PG) Todi (PG Both 2
S3 M 57  Foligno (PG) Todi (PG) Both (Todi) 3
S4 M 18  Marsciano (PG) Todi (PG) Both (Todi) 4
S5 F 28  Todi (PG) Milan (MI) Both 5
S6 M 18  Foligno (PG) Todi (PG)  Both 4
S7 F 53  Todi (PG) Todi (PG)  Both (Todi) 2
S8 F 20  Citta di Castello (PG) Todi (PG)  Both 2

mobile listeners’ (those who have lived in multiple dialect regions) discrimination
performance diverges from that of non-mobile native speakers. For this reason,
S8’s decade-long residence outside of Umbria could be considered extended cross-
dialectal exposure. Nonetheless, if this were the case, a similar change among the
other vowels would also be expected. However, this was not the case; the remaining
6 vowels showed means and standard deviations that matched those of the other 7
informants. For that reason, S8 was not treated as an outlier, and her measurements

were included in the group statistics reported below.

Recording procedure

Recordings were made with a Tascam DR-40X portable digital recorder and an
Audix HTS slim-line headset condenser microphone powered via an Audix APS-
911 battery-operated phantom power adapter. The headset configuration ensured a
consistent microphone-to-mouth distance of approximately 2-3 cm across all speak-
ers. This eliminated preventable variation in recording level due to microphone
placement. Audio was captured at a sampling rate of 48 kHz with 16-bit precision.
Each speaker read the stimulus words from printed instructions and was instructed
to produce each item at a comfortable speaking pace. In the absence of an anechoic
chamber, recordings were conducted in the best available acoustic environment,
namely a room previously treated with sound-absorbing acoustic panels for sound-
proofing. After completing the word list, each speaker produced the seven isolated

vowels. No instructions about pitch or voice quality were given beyond the general
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guidance to read naturally.

Formant extraction

Recordings were opened in Praat (Boersma and Weenink, 2024) and the steady-state
portion of each target vowel was identified by visual inspection of the wide-band
spectrogram. The steady state was defined as the central portion of the vowel
interval, excluding consonant-to-vowel and vowel-to-consonant formant transitions,
following the method described by Ferrero et al. (1978]), who measured "the first four
stationary formant frequencies ... at about the midpoint of each phone." Formant
frequencies Fj—Fs and corresponding bandwidths B;—B5 were read manually from
Praat’s formant display. The formants were calculated with Linear Predictive Coding
(LPC) using the Burg algorithm and the standard settings for male and female
speakers. Per-phoneme means were then computed by averaging across the set of

steady-state measurements for each vowel

Manual extraction from the steady state was chosen over automated formant tracking
for two reasons. First, it replicates the measurement procedure used by Ferrero et al.
(1978), who also measured at stationary points on a spectrogram. This makes the
comparison in Section [3.4] methodologically consistent. Second, the small corpus
size (14 words plus 7 isolated vowels per speaker, across 8 speakers) made exhaustive
manual inspection practical. The risk of undetected tracking errors that can affect

automated extraction was thereby avoided.

Summary statistics
Formant and bandwidth values were aggregated across tokens and speakers to pro-
duce the grand mean and standard deviation per vowel category; all ten acoustic

measures, Fy through F5 and B, through Bs, are reported in Table[3.5]

The standard deviations for F| and F, are broadly in line with those reported by
Ferrero et al. (1978)), which is interpreted as an adequate consistency for a sample of
this size. The F3 values range from 2594 Hz for /a/ to 3236 Hz for /i/. This is an
expected result of the inverse relationship between F3 and vocal-tract constriction

location. Front vowels, produced with a palatal constriction, have higher F3 than
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central or back vowels (Fant, 1960). The F; and Fs values are comparatively
stable across vowel categories, with ranges of 3634-3984 Hz and 4419-4767 Hz
respectively. This is also expected for higher resonances, whose frequencies are less

influenced by articulatory gestures.

Of the five bandwidth measures, B; and B> show the smallest standard deviations
and therefore the most consistent measurements across speakers. B for /u/ shows
the highest group mean among the seven vowels (320 + 247 Hz), but the standard
deviation is nearly as large as the mean. This may indicate high between-speaker
variability rather than a consistent acoustic property. Fant (1960) notes that lip
rounding narrows formant bandwidths by reducing the radiation contribution. The
elevated mean may therefore partly reflect measurement uncertainty at the low first-
formant frequency of this vowel. B3, B4, and Bs have substantially higher between-
speaker variability, particularly B4 for /e/: 686 + 628 Hz. Once again, in this case
the standard deviation is comparable in magnitude to the mean. Nonetheless, all

bandwidth values are used in the synthesis pipeline as filter parameters.

3.4 Vowel space analysis

Fig. 3.2 shows the seven Todi vowels in Bark F;—F, space. The Bark scale approx-
imates equal perceptual steps across the auditory frequency range and is used for
inter-vowel distance comparisons; the psychoacoustic motivation for this choice is

discussed in Section[3.6] Fig.[3.3]shows the female and male groups separately.

All three plots display the expected arrangement for the seven-vowel Italian system.
Each phoneme occupies a distinct area in the F1—F, Bark space. This effect is more
pronounced for the Todi vowels than the Standard Italian vowels, which present
some overlap between /o/ and /u/. The seven-way opposition further supports the
conclusion that the Todi data was measured accurately. The male plot shows the
same category structure at somewhat lower absolute Bark values. This is consistent
with the longer vocal tracts and correspondingly lower resonant frequencies of male
speakers (Fant, |1960).
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Figure 3.2: Vowel space in Bark for all speakers. Each ellipse spans +1 standard
deviation around the speaker-averaged mean.

Comparison

The Todi values are uniformly higher than the Ferrero et al. (1978)) values across both
F and F; for all seven vowels. The primary explanation is the difference in gender
composition between the two samples. Ferrero et al. (1978) report only that their
informants were "10 university students, born and living in Florence with florentine
parents," with no division by age or sex. The Todi sample contains five female and
three male speakers. Because female speaker have anatomically shorter vocal tracts,
their resonant frequencies are systematically higher than those of male speakers

producing the same vowel quality (Johnson and Sjerps, 2021). A female-skewed
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sample will therefore produce higher group means. This may have contributed to
the higher position of the Todi vowels with respect to the Standard Italian ones. It
should be noted, however, that when the size of the groups were normalized (M = 3,
F = 3), the relative positions of the means remained constant. The three retained
female speakers were S1 (age 23), S2 (age 18), and S7 (age 53), selected to match
the mean age of the male group as closely as possible (female mean: 31.3 years;
male mean: 31.0 years); S5 and S8 were excluded. Therefore, it is assumed that
the differences in the Todi vowels arise from regional pronunciation differences,
rather than from sampling error. The modest reduction in the contrast between front

vowels /e/ and /e/ reflects the inclusion of S8.

Beyond gender and regional differences, the two datasets were collected nearly
fifty years apart using different equipment and measurement methods. Ferrero
et al. (1978)) measured formants by hand from spectrograms produced by a Voice
Identification Spectrograph 700. The present study uses the LPC algorithm to extract
vowels from spectrograms in Praat. The methods are methodologically comparable,
as both assume knowledge of the correct procedure to gather measurements from
the speech spectrogram. The present study assumes that speaker habits have not

departed radically since the measurements of Ferrero et al. (1978) were collected.

3.5 Theoretical framework

The foundation of the present methodology derives from the important work done
by researchers in both signals engineering and its applications to psycho-acoustics
over the course of the last three quarters of a century. As soon as synthetic vowels
and consonants could be produced computationally with parametric models, thus
allowing full control over the salient features being examined, the correlation be-
tween speaker production and listener identification could be tested and compared.
As speech signals vary considerably from speaker to speaker even within the same
language, any comparison of vowels must take into consideration the large range of
variables (anatomy, vocal tract length, and so on) at play. Furthermore, the two facets
of the cognitive processes behind speech, one motor and the other auditorily driven,

are surprisingly disconnected: that is, what speakers think they are producing is not
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necessarily perceived that way by listeners.

Continuous perception and category structure

Much research has gone into the categorization of speech sounds, in particular
vowels and stop consonants. For occlusives (stop consonants), research has shown
that listeners are able to perceive the difference between different phonetic categories,
but are “deaf” to intra-category differences (Pisoni, |1973). This would appear to be
a typical feature of most consonantal perception, however, vowels appear to function
in a much different way. Steady state vowels, much like non-speech sounds, have
been shown to be continuously perceived, meaning differences within and between
categories are accessible for listener evaluation. The length of vowels, in particular in
connected speech, can vary radically, from 250 ms in controlled laboratory settings,
to less than 50 ms in spontaneous speech. In either case, the acoustic cues (formants)
that characterize vowels are ever present, and research has shown that both vowels
of short and long durations are perceived continuously. The categorization of
vowels is therefore not absolute, and the discrimination of vowels within-category

is considerably better than that of consonants: well above chance.

Many human perceptual systems that categorize various stimuli have been shown
to have varying degrees of internal structure. When, within the same category,
certain stimuli are preferred over others, category organization or hierarchy can be
posited. The “goodness” or prototypicality of a stimulus is thus a privileged status
as exemplars of a particular category. In human infants, phoneme categories have
been suggested to be represented by prototypes at just 6 months of age (Goudbeek
et al., 2005). Research shows that category membership is graded, and that within
categories, the prototypes or best instances are particularly salient in perception
(Kuhl, [1991). This effect has been called the perceptual magnet effect: that is,
members surrounding a particular prototype are perceptually assimilated to it to a
greater degree than the real psycho-physical distance. Prototypes thus anchor cat-
egories and provide a strong strengthening effect to the overall cohesiveness of the
category itself. Interestingly, ratings for vowels would appear to be uniformly sym-

metric around a particular location, the category prototype. The consistency among
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adults to subjectively evaluate vowel sounds using an internal mental prototype as
a reference is compelling evidence supporting studies in vowels across dialects. In
summary, due to the perceptual magnet effect, vowel prototypes attract neighboring
stimuli. Goodness ratings peak at the prototype center and decline symmetrically

the farther stimuli move from its “hot spot.”

Phonetic targets and the hyperspace effect

As mentioned, speech can range from a variety of realizations, from the most pre-
cisely crafted laboratory sentences (hyperarticulated speech) to spontaneous, casual
utterances (hypoarticulated speech). While theoretically pleasing, these two ex-
tremes are, in practice, experimentally difficult to elicit (Johnson, Flemming, and
Wright, [1993). Nonetheless, the importance of hyperarticulated speech to phonet-
ics research cannot be overstated. Clear, highly articulated speech carries the most
amount of information possible: reduction processes, while reducing effort, in terms
of articulatory gesture, also reduce the information content of the speech. Casual
speech can thus be seen as temporal overlap between articulatory gestures: the ges-
tures themselves, the targets, are not deleted, but rather are rather prevented from
making an appearance acoustically. Thus, while gestures are undershot, covered, or
blended together, research shows that they still possess precise mental targets. In
order to explore listeners’ phonetic targets, Johnson, Flemming, and Wright (1993
developed the Method of Adjustment (MOA), which consists in using a computer
to manipulate one or more parameters of a speech synthesizer until it correctly pro-
nounces a speech sound. By using the MOA, that is, a single synthetic voice, the
problem of personal speaker variation is avoided and a listener’s perceptual expecta-
tions for vowel sounds in a particular language/dialect can be assessed, thus allowing
cross-linguistic phonetic comparisons. This methodology showed great consistency
across trials, although it was shown that the vowel space of the ideal setting for the
speech synthesizer was expanded relative to measured (produced) formant values
of vowels. This expansion, the so-called “hyperspace” effect, beyond showing the
disparity between discrete mental categories and production, also highlights that

phonetic targets are hyperarticulated. Furthermore, it has been shown that speak-
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ers of the same dialect answer in the same way regardless of previous experience,
training, or instruction in phonetics, in particular when they are asked to evaluate a

sound as they would say it.

By placing sounds along a continuum of values, it is thus possible to allow speakers
to adjust, or select, the sound on the continuum that most accurately represents
how they say the sound, and thus arriving at their mental prototypes. Thus for two
dialects that are assumed to be different in their realizations of the same, or a subset
of, vowels, one would expect to find the speakers of two different dialects to have

unique sets of locations of mental prototypes for the phonemes that are divergent.

Dialectical perception

Dialect classification relies on two core abilities: recognizing the sounds of speech
and understanding their social meanings. Research shows that people with limited
hearing or difficulties in social processing do less well at these tasks than adults with
typical abilities (Clopper, 2021)). This happens because listeners must connect spe-
cific sound patterns they hear to broader social groups, such as the region a speaker
comes from. These connections form the basis for deciding where someone is from.
People learn the connections through their own lifetime of language exposure and
through shared cultural ideas about how people from different places speak. As a
result, how accurately someone can classify dialects varies widely from person to

person.

Adults generally perform these tasks with greater accuracy than children, especially
when they hear their native dialect or relatively standard forms of a language. Both
phonetic processing and dialect identification improve with greater familiarity, are
shaped by what the listener expects, and are influenced by social stereotypes. This is
why listeners can often tell that an unfamiliar way of speaking comes from outside
their own area, yet they may struggle to name the exact place it comes from. They
may simply register the speech as “different from mine, so not from here.” In short,
a person’s linguistic history and social experiences play a central role in how well
they identify dialects. Listeners therefore hold the clearest mental pictures of their

own native variety and classify speakers from their home region more accurately
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than others. Studies also find that performance tends to be stronger for varieties

spoken over smaller geographic areas than for those spread across larger ones.

The advantage of knowing one’s native variety extends to people who have moved
around. Listeners who have lived in several different dialect regions show improved
classification not only for their original home variety but also for the varieties of
every place they have resided. This accumulated experience gives mobile listeners

an overall edge compared with people who have stayed in one place.

Several challenges arise when researchers try to measure how dialects vary and how
people perceive them. First, if a listener does not know or cannot guess where
a new speaker is from, the listener cannot reliably link the speaker’s distinctive
speech features to a specific region, even when those features clearly signal regional
background. Second, ordinary people without linguistic training do not notice
every detail of regional variation that trained sociolinguists document. Although
non-experts readily hear that dialects differ, the mental categories they form may
not match the categories linguists use. Third, the ability to connect speech sounds
with social and geographic information develops gradually. Young children already
show adult-like skill at telling sounds apart, but they lack enough knowledge about
places and social groups to classify dialects like adults do. Fourth, each listener’s
mental map of dialect differences is shaped by the actual range of variation they have
encountered; an objective count of how different two dialects are does not always
predict how easily people can tell them apart. Finally, and most important for the
present work, the amount of time a person has spent living outside their original

dialect region strongly affects how they perceive and process speech.

Several of the problems outlined are not relevant to the current study because only
adults without social or auditory impairments participated. Adult listeners possess
fully developed social and geographic knowledge, eliminating the developmental
limitations seen in children. In addition, the study focuses on perceptual classifica-
tion of vowel features on a continuum rather than open-ended geographic labeling of
unknown speakers. Participants’ own mobility history (years lived outside Umbria)

is explicitly measured and treated as a key variable, directly addressing the influence
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of lifetime geographic experience on dialect perception. Because virtually all adults
in contemporary Italy have had extensive exposure to standard Italian from an early
age, this factor does not vary meaningfully across participants and is therefore not

included as a variable in the analysis.

Primary vowel dimensions

The importance of a speaker’s dialectal background in shaping vowel pronunciation
became clear soon after the sound spectrograph appeared, nearly seventy-five years
ago. The most influential study from that period remains the work of Peterson
and Barney (1952)) at Bell Telephone Laboratories. They recorded ten American
English vowels produced in a /hVd/ frame by men, women, and children, then
measured the frequencies and amplitudes of the first three formants along with the
fundamental frequency. Their data revealed that steady-state formant patterns serve
as the main acoustic information listeners rely on to recognize vowels. At the same
time, the study documented wide differences across speakers, even within the same
gender or age group. These differences arise from variations in human anatomy,
such as vocal-tract length and shape. Formant values also shift as a result of different
speaking rates and phonetic contexts, which further complicates an idea model that

directly maps acoustic features to perceived vowel identity.

When listeners in Peterson and Barney’s (1952) experiments tried to identify vowels,
overall accuracy proved lower than expected, with most errors occurring between
neighboring categories on the vowel chart. In other studies, it has been shown that
untrained participants often struggle not because they fail to hear quality differences,
but rather because they have difficulties in translating those qualities into a discrete

set of orthographic labels.

In summary, individual speaker differences obscure the ideal mental targets listeners
actually use. For this reason, the MOA developed by Johnson, Flemming, and
Wright (1993)) is particularly suited to the purposes of the present work.
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3.6 Continuum design

Research from the early 1950s examined the question of which spectral properties
of vowels carry the most weight for listener identification. Delattre et al. (1952
produced synthetic steady-state vowels and systematically manipulated their for-
mant frequencies, establishing which spectral configurations produced the highest

identification rates for each vowel category (Raphael, Borden, and Harris, [2011).

The concept of the formant is central to research in this domain. A formant is the
acoustic manifestation of a resonance peak in the vocal-tract transfer function (Fant,
1960). For the acoustic characterization of vowel sounds, the relevant parameters are
the center frequencies of the three or four lowest resonances, referred to collectively
as the formant pattern (Raphael, Borden, and Harris, 2011). Perceived vowel
quality is governed principally by the formant pattern; the relative amplitudes and

bandwidths of the individual formants contribute only modestly to vowel identity.

The principal finding of Delattre et al.’s (1952) experiments was that listeners could,
in the great majority of cases, correctly identify a vowel on the basis of the first two
formants alone. A further asymmetry exists between front and back vowel classes:
whereas front vowels required both F and F5 for reliable identification, back vowels
could be identified from a single formant whose frequency fell between the natural
values of F| and F, (Raphael, Borden, and Harris, 2011). This asymmetry points
to a differential perceptual role for F3: its contribution to perceived vowel quality is
appreciably greater for front vowels than for back vowels. The primacy of F; and
F> in vowel identification is thus a foundational result of acoustic phonetics and is

corroborated by subsequent large-scale listener studies (Hillenbrand et al., 1995).

Higher formants

As mentioned briefly in Section [2.4] for the synthetic vowels used in the present
study F3 is held constant at the Todi speaker value throughout; Fj is fixed at the
mean of the Todi and Ferrero et al. (1978) values; and Fj5 is fixed at 4500 Hz.
Bandwidth values are taken from the Todi speaker measurements. The latter two
decisions are motivated by the absence of bandwidth and F5 data in Ferrero et al.’s

(1978) measurements; F5s is therefore set to the theoretically expected value for an
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Figure 3.4: Variation of F; and F, on the /a/ continuum. The formants vary from
the Todi target (Step 1) to the Standard Italian target (Step 5).
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adult male with an average vocal-tract length (Fant, 1960). On the basis of the
acoustic evidence reviewed above, the effect of holding bandwidths and Fs constant

is expected to be perceptually negligible.

Accordingly, vowel perception experiments typically allow F; and F, to vary while
fixing the higher formants (F3—F5) at reference values. This reduces the experimental

variables to the dimensions under investigation.

Psychoacoustic scaling

The human auditory system does not encode frequency linearly. As discussed in
Section[2.4] the cochlea operates as a bank of bandpass filters arranged tonotopically,
with frequency resolution that is finer at low frequencies and progressively coarser at
higher ones. Distances in the F'1—F> plane are therefore more meaningfully expressed
in units that reflect the critical-band structure of auditory perception than in absolute
Hz values. The Bark scale, a psychoacoustic frequency scale, approximates the
spacing of the 24 critical bands of the human auditory system and has been widely
employed in psychoacoustics and speech perception research (Raphael, Borden,
and Harris, 2011). Evidence from speech-sound studies indicates, moreover, that
tonotopic distances between spectral peaks are fundamental to the perception of
phonetic quality (Traunmiiller, |1990). Two practical considerations motivate the
use of Bark here. First, it enables the definition of perceptually uniform step sizes
across the F1—F, plane. Second, the conversion formula of Traunmiiller (1990)
is computationally straightforward, with a stated accuracy of +0.05 Bark across
the range of vowel formant frequencies characteristic of adult men, women, and

children.

Formant values in Bark thus permit linear measurement of the perceptual distance
between each vowel pair. For each continuum, listeners are asked to select the step
that best matches their ideal mental pronunciation of each vowel. A continuum
is therefore constructed for each of the seven vowel pairs. Its design follows two
criteria: step sizes must respect the just discriminable difference for formant fre-
quency, and the total number of steps must remain small enough to limit listener

fatigue. According to Flanagan (1957)), the difference limen for formant frequency
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is approximately +3% of the formant center frequency; at 400 Hz this corresponds
to approximately 0.22 Bark, and at 2600 Hz to approximately 0.39 Bark. On the
basis of the Bark distances reported in Table a five-step continuum between the
dialect and Standard Italian endpoints provides adequate perceptual resolution while
keeping listener fatigue manageable; the resulting Bark step sizes for each vowel
pair are given in Table

To prevent participants from using stimulus position as an implicit response cue, the
present study adopts the procedure of Johnson, Flemming, and Wright (1993): the
orientation of each continuum is randomized from trial to trial. On 50% of trials the
dialect endpoint appears on the left and the Standard Italian endpoint on the right;

the remaining 50% present the reverse arrangement.

To assist participants in linking the 1pa symbol displayed for each vowel to its
phonetic referent, an Italian carrier word containing the target vowel in the stressed
syllable is shown alongside each response button. These words are drawn from
the exemplar set used for phonetic illustration in the DIPiN (Canepari, 2026), and
are considered sufficiently unambiguous for this purpose, although the method is
not entirely free from complications arising from regional differences in lexical

phonology and is a limitation to this methodology.

3.7 Task 1: Synthesis quality evaluation

Evaluating synthetic speech is a difficult task. There is no single answer to the
question of how or what to evaluate. Much synthesis research has proceeded without
any formal evaluation at all, or an ad-hoc evaluation was used (Taylor, 2009). The
result is that testing in synthetic speech systems is not a simple or widely agreed upon
area. It therefore follows that when interested in testing these systems for practical
purposes, we can follow the testing and evaluation procedures used in mainstream
engineering, as this area is particularly rich in the area of testing real systems. To
that end, the user requirements are the first thing to consider. Obviously, for our
purposes, and generally, the two main goals of synthetic speech systems are to be

intelligible and natural.
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Naturalness can be tested by playing some speech and asking listeners to simply rate
what they hear. Often this is accomplished with a simple Likert scale from 1 to 5,
where 1 is bad and 5 is excellent, known as mean opinion score (MOS) testing. One
key problem of this method is that listeners, rather than measuring naturalness, tend
to report how much they like the system (Taylor, 2009). This can be seen especially
in tests where real speech is included along with synthetic speech: if naturalness
were being assessed all real speech would achieve a perfect 5 rating, but this is not
the case. ‘“Pleasant” sounding voices often outscore voices with less desirable or
aesthetically pleasing features. Furthermore, comparison between tests in different
times and locations is not an absolute score of the systems performance and are thus

not comparable.

A more robust system for measuring speech quality is given by a method called
MUSHRA, or “MUIti Stimulus test with Hidden Reference and Anchor,” released
by International Telecommunication Union Radiocommunication Sector (ITU-R).
The MUSHRA method has been successfully tested and is suitable for evaluation
of intermediate audio quality and gives accurate and reliable results (International
Telecommunication Union, 2015). MUSHRA was designed to assess audio systems
that introduce noticeable impairments, such as those found in internet streaming or
digital broadcasting, where bandwidth limits often force compromises in quality.
The method follows a double-blind, multi-stimulus format. In each trial, listeners
hear short audio excerpts and can switch between the versions of the same material:
the open reference (unprocessed original), hidden reference, and processed signals
under test. Listeners rate each signal on a continuous quality scale from O to 100,
divided into five labeled intervals: excellent (80-100), good (60-80), fair (40-60),
poor (20-40), and bad (0-20). Because they compare all signals directly, they
naturally sort and rank them before assigning scores. Furthermore, the MUSHRA

guidelines describe clear statistical procedures for analyzing the data.

For the present experiment, the effect of jitter, shimmer, and tremor will be consid-
ered in the context of the synthetic vowels and a MUSHRA-inspired task will be

implemented that retains the continuous quality scale and the five labeled intervals,
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but departs from the standard in several deliberate respects. The standard anchors
(low-pass filtered versions of the stimulus at 3.5 kHz and 7 kHz) are omitted, as
those anchors are entirely unrelated to the effects under study. This change was
selected in order to minimize participant fatigue from an abundance of listening
conditions. With seven vowels across three different conditions (natural, robotic,
rough), there are a total of 21 conditions to evaluate, which should require a few

minutes to complete.

Valuta la qualita di ogni suono (0 = innaturale, 100 = perfetto)
50 50 50

Eccellente

Discreto
Scarso

Pessimo

T @ @

Figure 3.5: The MUSHRA interface designed for the experiment. The layout
matches the example specified in ITU-R BS.1534-3.

While the full ITU-R protocol specifies mandatory anchors and a hidden reference,
several well-established variants of the MUSHRA methodology omit one or both
of these elements, and their use is increasingly documented in the speech syn-
thesis literature. Varadhan et al. (2025) provide a systematic critique of standard
MUSHRA, identifying two primary shortcomings that are directly relevant to the
present experiment: reference-matching bias, whereby listeners unconsciously align
their ratings with the reference rather than assessing each stimulus independently,
and judgment ambiguity, which arises from the absence of fine-grained rating crite-

ria. They demonstrate that the ITU-R anchor introduces its own distortion artifacts
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and can unfairly suppress scores for well-synthesized stimuli that bear no resem-
blance to codec-type degradation. They conclude that "there is merit in conducting
MUSHRA evaluations without anchors". Showing the reference openly, rather than
embedding it as a hidden item, further addresses reference-matching bias by giving
listeners an unambiguous quality target from the outset, a design adopted in recent
TTS evaluations (Perrotin et al., 2023). The present experiment therefore follows a
MUSHRA-inspired naturalness rating task that retains the 0—100 continuous quality
scale and five labeled intervals of ITU-R BS.1534-3, while omitting the standard an-
chors and presenting the reference explicitly. This is consistent with current practice

in the speech synthesis evaluation literature.

To summarize, the experiment uses three synthesis conditions, all produced by the
same parallel formant synthesizer with an LF glottal source, differing only in the
degree of perturbation applied to the source signal. These effects are as follows:
Robotic: no jitter, shimmer, or tremor. This is a perfectly periodic source, produc-
ing the characteristic flat, mechanical quality of unperturbed synthesis. Natural:
moderate jitter (0.5%), shimmer (1%), and 4 Hz sinusoidal tremor (2%). These val-
ues were chosen to emulate a human sounding voice. Rough: high jitter (2%) and
shimmer (5%). These values produce a rougher vocal quality. Listeners rate each
condition on the quality/naturalness scale against the natural speech reference. The
three conditions thus span a perceptual range from over-regular to over-perturbed,

with the natural condition hypothesized to score the highest.

3.8 Task 2: Forced-choice identification

The identification task addresses whether the synthesized Todi dialect vowels are
reliably categorized by listeners into the expected phonemic categories of Italian.
Vowel perception has long been analyzed via confusion matrix, in which each stimu-
lus is associated with a probability distribution over possible responses (Hillenbrand
et al.,|1995). This approach quantifies both accuracy and systematic misidentifica-
tion. Peterson and Barney’s (1952) study demonstrated that English vowels occupy
overlapping regions of the Fj—F, plane, making some degree of cross-category con-
fusion inevitable. Hillenbrand et al. (1995) replicated and extended these findings
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with a larger and more demographically varied speaker sample. This study con-
firmed that overlap is a stable property of the vowel space rather than a measurement

artifact.

The present task adopts the same procedure. The identification stimuli are the seven
Todi endpoint synthesized vowels: /i/, /e/, /e/, /a/, /2], o/, /u/. The synthesized
vowels use the Todi targets, that is, step 1 of each continuum (the formant values
taken directly from the Todi speaker averages). The task measures identification
of the dialect phonetic targets in isolation; Ferrero et al.’s (1978) Standard Italian

measurements are not compared.

Quale vocale senti?

» Ascolta (1 rimasto)

HEOOoDEBEBN-

i come fili u come tubo
e come vede o come solo
g come bello 2 come forte

a come rana

v Conferma la tua scelta

Figure 3.6: The forced-choice identification task interface, showing full list of
example words. Participants were allowed to play the sound twice.

Each vowel is presented three times, yielding 21 trials in total. The use of multi-
ple repetitions per item follows standard practice in identification experiments and
provides a more stable estimate of each listener’s response probabilities. This is
necessary for constructing a well-populated confusion matrix with a small number
of stimuli. Trials are presented in a randomized order, unique to each participant,
to prevent order effects and sequential response biases. On each trial, the listener

clicks a button to hear a single vowel and is then presented with a response panel
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displaying the seven vowel options as clickable buttons. Each button is labeled with

the 1pA symbol.

A collapsible help box with the full list of Italian carrier words is available throughout
the task. The carrier words serve as a lexical anchor for the phoneme category and
are drawn from the same set used in the prototype selection task. This ensures
consistency across the experiment. The listener may play the vowel sound only
twice, but must play it at least once before responding. They cannot proceed until
a response is selected. Reaction time from stimulus offset to response is logged

alongside the response itself.

The experimental output is a 7 X 7 confusion matrix. Rows index the stimuli and
columns index listener responses, aggregated across repetitions and participants.
Rows and columns are normalized to conditional response probabilities to produce
a row-stochastic matrix. Overall percent correct is computed as the mean of the
diagonal. Off-diagonal patterns are interpreted in terms of the acoustic proximity
of vowel pairs in the F1—F, plane. Confusions between vowels that are close in
Bark space are expected, whereas unexpected confusions may indicate failures of
the synthesis to render the relevant acoustic cues adequately. The identification data

are also examined in relation to listener group (Todi vs. Standard Italian).

Following the reasoning of Johnson, Flemming, and Wright (1993)), it is predicted
that listeners’ selections will approach the hyperarticulated targets of their own
dialect, such that a vowel that is peripheral in Standard Italian may be perceived as
prototypical by a Todi listener and vice versa. If this is the case, Umbrian listeners
would show higher identification accuracy for the Todi stimuli than Standard Italian
listeners, whose category prototypes would be assimilated by the nearest Todi targets,
reducing accuracy. Observed differences in the diagonal of the confusion matrix
between the two groups are therefore interpreted as evidence for dialect-specific

vowel targets rather than a failure of the synthesis.
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3.9 Task 3: Prototype selection

The prototype selection task investigates where, along the perceptual continuum
from the Todi to the Standard Italian vowels each listener’s phonemic prototype
is located. Kuhl’s (1991) perceptual magnet effect proposes that vowel categories
are not uniformly structured but are organized around prototypical exemplars that
function as attractors. Tokens near the prototype are perceptually assimilated toward
it, while tokens near the category boundary are more discriminable. Since speakers
from Todi and Standard Italian speakers have been exposed to different vowel distri-
butions, the perceptual magnet for any given phoneme is predicted to be located at
different points along a dialect-to-standard continuum for the two groups. Assuming
listeners’ phonemic targets are hyperarticulated relative to the acoustic mean of their

input, the perceptual prototype should lie at or beyond the measured values.

Scegli il suono piu simile alla tua pronuncia di B

(0

0 come solo
(> W >z =3

Figure 3.7: The prototype selection task interface, showing the reference word and
continuum from 1 to 5.

It is therefore predicted that listeners from Todi will select continuum steps closer
to the Todi variety target, while Standard Italian listeners will select steps closer to
the measurements collected in (Ferrero et al., 1978)). The magnitude of the group
difference is predicted to vary across vowels according to how acoustically distinct

the two endpoints are.

The continuum as a method for probing perceptual category structure has a well-
established precedent in the categorical perception literature (Pisoni, [1973). The

fact that listeners discriminate between-category pairs more accurately than within-
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category pairs implies the existence of a boundary whose location differs predictably
across listener groups. The present task does not measure discrimination, but instead
asks listeners to directly identify the step that best represents their own pronunciation,

as implemented by Johnson, Flemming, and Wright (1993).

The stimuli for each vowel are the five steps of the Bark continua described in
Sections [2.4]and [3.6] Step 1 corresponds to the Todi target, and step 5 corresponds
to the Standard Italian target. F; and F, are interpolated linearly in Bark space at
equal intervals using Traunmiiller’s (1990) formulae, ensuring that equal physical
steps along the continuum correspond to approximately equal perceptual distances.

The resulting Bark distances between targets and their step sizes are reported in
Table 2.2

The task is presented once per vowel for a total of seven trials in total. In each trial, all
five continuum steps simultaneously presented to the participant as labeled playback
buttons from 1 to 5 arranged horizontally on the screen. Listeners are required
to play every step before a response becomes available: the selection buttons are
disabled until all five steps have been heard at least once. The prototype selection
judgment is only meaningful if the listener has sampled the full range of variation on
the continuum, therefore listeners may replay any step as many times as they wish
after the initial mandatory listening pass. As in Johnson, Flemming, and Wright
(1993)), the direction of the continua are randomized in each trial so that 50% of
the time the continuum, from left to right, begins at the Todi target and ends at the
Standard Italian target. The other 50% of the time the inverse is true. This ensures

that participants listen carefully and are not biased by the direction of the continua.

Once all steps have been heard, a button appears beneath each step. The listener
selects the step that most closely matches their own pronunciation of the target
vowel, then confirms their choice. As in the forced-choice identification task, a help
panel displaying the 1pa symbol and carrier words for the target vowel is available
throughout the trial and can be toggled on or off. Trial order is randomized across
participants. The task is administered after the identification task so that participants

have already demonstrated familiarity with the seven vowel categories before being
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asked to locate their prototype on a continuum.

The output for each trial is an integer from 1 to 5 that corresponds to the step. A full

log of playback events and response time is also recorded.

3.10 Participants

Forty-eight participants began the experiment. Two were excluded due to no data
being recorded, and eight were subsequently excluded because their total session
duration fell below seven minutes, the minimum duration considered sufficient for
genuine task completion, yielding a final sample of 38. Participants were assigned
to one of two groups according to the region in which they spent the majority of
their childhood: the Todi group (n = 16), and the non-Umbrian group (n = 22),
comprising speakers from other Italian regions. To ensure geographic specificity
within the Todi group, recruitment for that cohort was conducted through a dedicated
distribution link circulated among personal and social networks to persons residing
in the comune of Todi. The non-Umbrian group was recruited through a separate
general link open to adult native speakers of Italian from any region. Participation
was voluntary and unpaid in both cases.

Inclusion required that participants be native speakers of Italian with no self-reported
hearing impairment, complete the experiment on a desktop or laptop computer, and
use headphones or earphones as specified in the instructions. Mobile devices were
blocked from participating.

Prior to the experiment tasks, all participants completed a short background ques-
tionnaire comprising six items: age; sex; childhood region, recorded as a categorical
selection from a list of Italian regions; years of residence outside Umbria, a numeric
entry treated as a measure of dialect contact continuity for the Todi group (see Sec-
tion[3.5)); highest level of education; and self-reported dialect usage frequency, rated

on a five-point Likert scale from 1 (never) to 5 (always).

The final sample comprised 20 women and 18 men (Todi: 12 F, 4 M; non-Umbrian:
8 F, 14 M). Age ranged from 19 to 75 years (M = 36.8, SD = 14.4); the Todi
group (M = 33.8, SD = 16.6, range 19-75) showed a somewhat wider age spread
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than the non-Umbrian group (M = 38.6, SD = 12.8, range 23—67), consistent with
the community-based recruitment approach used for that cohort. The non-Umbrian
group included speakers from 12 Italian regions, with Tuscany (n = 6), Piedmont
(n = 4), and Campania (n = 4) most represented. Descriptive statistics for the full

sample, broken down by group, are given in Table 3.6

Table 3.6: Participant demographics by group. Years outside Umbria is reported for
the Todi group only, as it is not applicable to non-Umbrian participants.

Characteristic Todi (n = 16) Non-Umbrian (n = 22) Total (N = 38)
Age: M (SD) 33.8 (16.6) 38.6 (12.8) 36.8 (14.4)
Age: range 19-75 23-67 19-75
Sex: female 12 8 20
Sex: male 4 14 18
Education: diploma 5 10 15
laurea triennale 3 9 12
laurea magistrale 9 8 17
dottorato 0 1 1
Dialect frequency: M (SD) 1.82 (0.98) 0.25 (0.63) 0.84 (1.09)
Years outside Umbria: M (SD) 39(.1) — —
Years outside Umbria: range 0-17 — —

3.11 Ethics and distribution

Participation was entirely voluntary and unpaid. Before the experiment began,
participants were presented with an information screen describing the purpose of the
study, the nature of the tasks, and the expected duration (15-20 minutes). Informed
consent was obtained digitally via a mandatory acknowledgment step; the experiment
could not proceed without it. No personally identifying information was collected:
participants were assigned anonymous numeric identifiers, and all stored data are
keyed to these identifiers only. The demographic questionnaire collected age, sex,
region of origin, and language background, which are do not constitute sensitive
personal data. Data are stored encrypted on a password-protected server and will not

be shared beyond the research team. The study was conducted in accordance with
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general principles of research ethics applicable to perceptual studies as suggested by
the Acoustical Society of America (2018).

Participants accessed the experiment via a standard web browser on any computer
with audio output. On the opening screen they were told to use headphones or
earphones, to set a comfortable listening volume, and to complete the session in one
sitting in a quiet environment. The session then proceeded to the three tasks. In
Task 1 (naturalness rating), participants evaluated seven vowels in three synthesis
conditions each. In Task 2 (forced-choice identification), they heard one vowel token
at a time and selected the closest matching vowel from seven buttons. In Task 3
(prototype selection), they listened to the five steps of a synthesis continuum and

identified the step that best matched their own habitual pronunciation of each vowel.

The ordering of tasks was fixed for all participants: MUSHRA first, identification
second, and prototype selection last. Within each task, vowel order was randomized
per participant. Prior to the three tasks, participants completed the background
questionnaire. Audio stimuli were pre-loaded before the task began to avoid playback

delays during the trials.

The experiment was built using jsPsych, an open-source JavaScript framework for
browser-based behavioral experiments (Leeuw, Gilbert, and Luchterhandt, 2023).
It was served through JATOS, an open-source experiment management platform
that handles participant routing, result collection, and data export (Lange, Kiihn,
and Filevich, 2015). The JATOS instance was deployed on a cloud server and
accessed via a dedicated domain. Custom jsPsych plugins were written for the
MUSHRA rating interface and the prototype selection task, as the standard jsPsych
plugin library does not include these trial types. Trial-level response data (ratings,
response times, play logs, and selected steps) were serialized as JSON and stored

server-side after each completed task.
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RESULTS AND DISCUSSION

4.1 Task 1: MUSHRA

Task 1 employed a MUSHRA (Multi-Stimulus test with Hidden Reference and
Anchor; International Telecommunication Union (2015)) test to assess the perceived
naturalness of three synthesized stimuli conditions. All three were produced from
the same LF glottal-source model (Fant, Liljencrants, and Lin, 1985) and static Todi

vowel targets, differing only in source perturbation.

All seven tonic vowels were tested. Listeners rated each set of simultaneous condi-
tions on the ITU-R Continuous Quality Scale (0-100), labeled Pessimo ("Bad", 0—
20), Scarso ("Poor", 20-40), Discreto ("Fair", 40-60), Buono ("Good", 60-80), and
Eccellente ("Excellent", 80—100). Following a standard MUSHRA non-engagement
criterion (> 86% of responses at the default slider position), one participant was
excluded, leaving a final MUSHRA sample of N = 37 (Todi: 16, Toscana: 4, Other:
17).

Results

Collapsed across vowels and listener groups, mean ratings fell entirely within the
Poor category (20—40) for all three conditions (Table[4.1)). An ordering of natural >
robotic > rough can be observed, with means of 33.6 (SD = 27.6),29.5(SD = 28.9),
and 23.8 (SD = 22.6), respectively. Medians were markedly lower. This indicates
strong positive skew consistent with the high inter-listener variance documented in
MUSHRA evaluations more broadly (Varadhan et al., 2025).

A Friedman test on per-participant condition means (collapsed over vowels) con-
firmed a significant effect of condition: y?(2) = 18.41, p < .001. Post-hoc
Wilcoxon signed-rank tests with Bonferroni correction (@ = .017 for three pairwise

comparisons) revealed that the rough condition was rated significantly lower than
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Table 4.1: Mean, median, and standard deviation of MUSHRA ratings by condition
for all 37 participants.

Condition Mean Median SD

Natural 33.6 28.0 27.6
Robotic 29.5 20.0 28.9
Rough 23.8 20.0 22.6

both natural (W = 21.0, p < .001) and robotic (W = 140.5, p = .012). The
difference between natural and robotic was not significant (W = 242.5, p = .235).
The condition effect therefore reflects primarily the suppression of the rough condi-
tion rather than a reliable perceptual distinction between the two lower-perturbation

conditions.

This pattern was broadly consistent across individual vowels: Friedman tests run
separately per vowel yielded significant effects for /o/ (y*(2) = 13.54, p = .001),
/u/ (x*(2) = 9.52, p = .009), /e/ (x*(2) = 8.83, p = .012), /e/ (x*(2) = 8.36,
p = .015), /a/ (x*(2) = 6.13, p = .047), and /i/ (x*(2) = 6.28, p = .043); the
effect for /o/ did not reach significance (y?(2) = 5.69, p = .058).

Vowel differences

Table 4.2| presents condition means by vowel. The back mid vowel /o/ yielded the
highest natural-condition mean (M = 39.9), followed by /a/ (M = 37.6), while
/i/, Jo/, and /u/ scored lowest across all conditions. The one departure from
the ordering occurred for /a/, where the robotic condition (M = 38.5) marginally
exceeded natural (M = 37.6). This difference is under one scale point and is
consistent with the natural-robotic contrast reported above, considered to be not

significant.

Low vowels (/a/, /o/) consistently attracted higher ratings across all conditions
than high vowels (/i/, /u/). This is consistent with the acoustic properties of the
LF-source model. The first formant of low vowels is spectrally prominent and

relatively independent of the high-frequency content that differentiates the synthesis
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Table 4.2: Mean MUSHRA ratings by vowel and condition across all 37 participants.

Vowel Natural Robotic Rough

/i/ 286 260 219
Je/ 357 275 248
Je/ 338 311 227
/a/ 376 385 300
/o] 399 348 262
Jo/ 290 260 214
Ju/ 307 229 198

conditions, whereas high vowels are more sensitive.

Group differences

By listener group (Table {.3)), listeners from Tuscany gave the highest overall means
(M = 36.5, collapsed over vowels and conditions), followed by Todi (M = 31.7)
and all other regions (M = 24.7). These differences are reported descriptively
only. The Tuscany group comprised four participants, which is too few to support
inferential analysis. The lower scores from all other regions may partly reflect lower
engagement with the synthesis stimuli among participants from dialectal regions

further from the central Italian dialect area.

Table 4.3: Mean MUSHRA ratings by listener group and synthesis condition.

Group N Natural Robotic Rough Overall

Tuscany 4 38.6 37.7 332 36.5
Todi 16  37.1 31.5 26.6 31.7
Other 17 29.2 25.7 19.1 24.7

The ordering Tuscany > Umbria > Other is consistent with the effect of regional
familiarity; listeners within the central Italian dialect zone may find the synthesis less
perceptually foreign (Clopper, 2021). Given the small sample size for the Tuscan
group, its position cannot be reliably affirmed. Nonetheless, the prominence of the
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Umbria group promotes the validity of the synthesis conditions used in Tasks 2
and 3.

Interpretation

There are two implications that arise from the results. First, the rough parameter-
ization reliably reduces perceived naturalness relative to both alternatives. This is
consistent with the known relationship between source perturbation and voice qual-
ity. Moderate aperiodicity contributes to a natural voice quality, whereas excessive
perturbation is heard as roughness (D. H. Klatt and L. C. Klatt, 1990). Second, the
natural and robotic conditions are not perceptually distinguishable (p = .235). The
modest prosodic modeling applied in the natural condition does not yield a statis-
tically reliable naturalness benefit over the plain LF baseline under these synthesis

parameters and listener conditions.

These results nonetheless provide a sufficient basis for selecting the natural condition
as the primary synthesis for Tasks 2 and 3. Although it is not significantly better than
robotic, it is the highest-rated condition across all vowels and all listener groups,
and there is no evidence that it is worse. Selecting it over robotic therefore carries

no perceptual cost.

Methodological limitations

The Friedman test is interpretable as an ordinal comparison and is not affected by
the absolute scaling of the ratings. However, a sampling-rate mismatch between
the natural speech reference signal and the synthesized signals may have introduced
a limitation to what the absolute scores can be taken to mean. The reference was
drawn from speech sampled at 44.1 kHz, whereas all three synthesized conditions
were generated at 10 kHz. Under ITU-R BS.1534, the visible reference defines the
100-point ceiling of the rating scale, and listeners calibrate their judgments against
it (International Telecommunication Union,|[2015)). Because the reference contained
spectral energy above 5 kHz that was absent from every test stimulus, no condition
could approach 100 by design. The gap between any synthesized stimulus and the

reference includes an irreducible component due to bandwidth rather than synthesis
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quality. Absolute scores may not therefore be valid indicators of naturalness.

4.2 Task 2: Forced-choice identification

Task 2 consisted in a seven-alternative forced-choice vowel identification task to
assess how accurately listeners mapped the formant-synthesized Todi vowels onto
the seven-phoneme categories of the Italian vowel system. The stimuli were the
seven synthesized Todi vowels, which presented three times each, yielding 21 trials
per participant in randomized order. Participants selected their response from a
screen displaying IPA labels of the seven vowels. The full sample of N = 45

participated; unlike Task 1, no non-engagement exclusion was applied to this task.

Results

Collapsed across vowels and groups, mean identification accuracy was 71.8%
(chance = 1/7 = 14.3%). Performance was, however, highly uneven across the
individual vowels. Accuracy ranged from near-ceiling on /a/ (M = 99.1%) and /i/
(M = 89.5%) to near-chance on /o/ (M = 34.2%). The distribution was clearly
bimodal: four vowels over half of the vowels were identified at 72% or above, while

the two open-mid vowels /e/ and /o/ performed substantially worse.

Table 4.4: Forced-choice identification accuracy (%) by vowel and listener group
(N = 38; chance = 14.3%).

Vowel Overall Todi Tuscany Other

Ja/ 99.1 979 100.0  100.0
/i/ 89.5 89.6 750 926
Je/ 781 792 1000 722
Ju/ 772 729 667 833
Jo/ 728 812 750  64.8
Je/ 518 646 583 389
/] 342 417 667 204

Overall 71.8 75.3 77.4 67.5

Table {.4] shows per-vowel accuracy by listener group, and Table [4.5] presents the

full confusion matrix for the seven vowels. The acoustic extremes (/i/ and /a/) of
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the vowel space were identified with near-perfect accuracy. Moderate accuracy was
observed for the high back vowel /u/ (77.2%), the closed-mid vowels /e/ (78.1%)
and /o/ (72.8%), and for /¢/ (51.8%).

The two low-accuracy vowels showed distinct confusion profiles. For /e/, 43.9%
of responses were /e/, which for these vowels was the dominant error pattern;
only 3.5% of responses were other vowels. For /o/, the primary confusion was
/o/ at 50.0%, with a secondary confusion of /a/ at 14.9%. This pattern suggests
that for a subset of listeners the Todi /o/ was perceived as having a degree of
openness comparable to /a/ rather than /o/. No other vowel produced a dominant
cross-category confusion. Secondary errors occurred at rates below 20% for the

remaining five vowels.

Table 4.5: Confusion matrix for the identification task, showing the percentage of
responses in each category by target vowel.

Target /i) Je/ [/ JaJ /o] Jo/ [u/
/i/ 895 79 09 09 00 09 00
Je/ 00 781 167 09 09 18 18
Je/ 00 439 51.8 00 35 00 09
Ja/ 00 09 00 991 00 00 00
/o/ 00 00 09 149 342 500 0.0
Jo/ 09 00 09 26 184 728 44
Ju/ 09 09 00 00 61 149 772

Group differences

The three listener groups showed the clearest divergence on the two open-mid vowels.
For /5/, accuracy ranged from 66.7% in Tuscany to 41.7% in Todi to 20.4% in all
other regions, a spread of 46 percentage points. For /e/, the ordering was Todi
(64.6%) > Tuscany (58.3%) > all other regions (38.9%). On the high-accuracy
vowels (/a/, /e/), group differences were negligible. On /u/, the ordering was
reversed (Other > Todi > Tuscany). Group differences are reported descriptively.
The Tuscany group (N = 4) is too small for inferential analysis, and the all other

regions group contains heterogeneous regional backgrounds.
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Interpretation

The overall accuracy of 71.8% indicates successful identification of the synthesized
Todi vowels at a rate well above chance. This suggests that the synthesis procedure
and formant filters reliably reproduce vowel identity. The bimodal distribution of
per-vowel accuracy (four vowels at 72% or above and two vowels below 55% )
indicates that the mid-vowels are particularly difficult to identify. This result is to
be expected, as /e/ and /o/ present the most acoustic variation across local Italian
varieties (Canepari, 2026). The Todi realizations of these vowels also have the most

pronounced departure from the ones measured by Ferrero et al. (1978)).

In the present study, the synthesized stimuli are based on measured vowel productions
from the Todi variety, which are acoustically more extreme than Standard Italian
(SI) norms. The low identification accuracy for some vowels could be explained
by the results of Johnson, Flemming, and Wright (1993)): even these extreme Todi
values might fall short of listeners’ idealized, hyperarticulated targets. If a listener’s
internal target is more extreme than any natural production, stimuli synthesized
at natural production norms will fail to reach that target, leaving the sound in an
ambiguous perceptual zone between vowel categories. This helps explain why
identification accuracy for these vowels remains low. Furthermore, static steady-
state synthesis strips away the dynamic spectral changes that are crucial for accurate
vowel identification (Hillenbrand et al., |1995). Therefore, it is plausible that for
/e/ and /o/, the fixed formant values fall into an ambiguous acoustic region where

missing dynamic cues are most desperately needed to resolve category membership.

The intermediate performance of the Todi listeners (41.7% for /o/; 64.6% for /€/)
can also be understood as a result of a separate phenomenon. Unregistered dialect
perception affects speakers who do not socially stereotype their own regional variety
as a distinct dialect. This leads them to perceive their own speech as closer to a
standard form than it actually is. Since, as Canepari (2026), all speakers in the
central Italian dialect area are "native Italian speakers", is highly probable that the
Todi speakers have internalized Standard Italian as their true phonetic target. This is

supported by the relatively low ratings for daily dialect usage among the participants:
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their own extreme acoustic pronunciations are not internalized as a regional accent
with distinct phonetic realizations. As a result, their perceptual targets for /e/ and
/o/ would be calibrated to Standard Italian. In summary, along this line of reasoning,
even though the synthesized Todi vowels acoustically match the Umbrian speakers’
actual real-world pronunciations, they may fall into perceptually ambiguous zones
because the listeners are evaluating them against their internalized Standard Italian

targets.

Methodological considerations

Two important methodological features of the identification task should be kept in
mind. First, response options were presented as IPA symbols with carrier word
references as examples. As Hillenbrand et al. (1995) notes, this leads to noticeable
error rates for untrained participants. Furthermore, participants who are, as Canepari
(2026) calls them, dalfonici (a pun of daltonici, "colorblind"), may not be able to
distinguish the sounds anyways, let alone the interface itself. The extent to which
this factor contributes to the observed confusions cannot be determined from the

present data.

Second, the task used a single synthesis condition (the natural condition selected
on the basis of Task 1 results) and static Todi formant targets. The identification
accuracy reported here reflects perception of synthesized steady-state vowels at spe-
cific acoustic coordinates, not the identification of Todi dialect speech more broadly.
Variability in natural Todi productions, such as vowels embedded in carrier words,

would likely yield a different pattern of identification accuracy and confusions.

4.3 Task 3: Prototype selection

Task 3 presented each of the seven five-step synthesis continua to listeners and asked
them to select the step that most closely matched their own habitual pronunciation of
the target vowel, following the paradigm described in Section[3.9] The full sample
of N = 38 completed the task. Before analysis, responses for /u/ were excluded on
the grounds of a direction asymmetry that indicates a systematic position bias for

that vowel. When the Standard Italian target was placed on the left of the response
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panel (standard-left trials), the mean dialect score for /u/ was 2.37; when the Todi
endpoint was placed on the left (dialect-left trials), the mean was 3.63, a difference
of A = —1.26. For all other vowels the corresponding asymmetry was |A| < 0.48,
indicating that the /u/ responses were dominated by a left-side preference rather
than by genuine prototype selection. All results reported below are therefore based

on the six remaining vowels.

Results

Collapsed across the six vowels and all listener groups, the mean per-participant
dialect score was 3.57 (SD = 0.51), which is significantly above the continuum
midpoint of 3.0 (p < .001). This indicates a mild but reliable overall preference for

steps closer to the Todi endpoint of the continuum.

Table 4.6: Mean per-participant dialect score by listener group for six vowels (/u/
excluded). Dialect score ranges from 1 (most Standard Italian-like) to 5 (most Todi-
like); the continuum midpoint is 3.

Group N Mean SD

Todi 16 337 042
Tuscany 4 3.46 0.28
Other 18 3.78 0.56

Overall 38 3.57 0.51

A Kruskal-Wallis test on per-participant means revealed a significant group effect
(H(2) =9.88, p = .007). Comparisons with a U-test showed that the Other group
selected more Todi-like steps than the Todi group (U = 59.0, p = .003). The Tuscany
group did not differ significantly from either Other (p = .070) or Todi (p = .70).
Although all three groups produced means above the continuum midpoint, the Todi
and Tuscany groups hovered close to it (3.37 and 3.46, respectively), while the Other

group showed a noticeably stronger preference for the Todi-side steps (3.78).
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Vowel-level variation

Table separates mean dialect scores by vowel and listener group. Two vowels
stand out for large cross-group divergence. For /o/, the spread across groups was
1.89 scale points (Other: 4.39 vs. Tuscany: 2.50), and for /o/ the ordering of
the groups reversed relative to the overall trend. Here, the Other group selected
the most Standard-Italian-like steps (M = 2.67), below the midpoint, while the
Todi and Tuscany groups selected Todi-leaning steps (3.44 and 3.75, respectively).
The vowels /a/ and, to a lesser extent, /e¢/ showed more uniform cross-group
distributions. For the front vowels /i/, /e/, and /e/, the Other group consistently

chose higher dialect scores than the Todi group.

Table 4.7: Mean dialect score by vowel and listener group (six vowels; /u/ excluded).
Scores range from 1 (most SI-like) to 5 (most Todi-like).

Vowel Todi Tuscany Other Overall

/i/ 319 325 400 358
Je/ 369 350 439  4.00
Je/ 331 400 389  3.66
Ja/ 338 375 333 339
/> 344 375 267 311
Jo/ 319 250 439  3.68

Dialect usage

Within the Todi group, participants were stratified by self-reported dialect frequency.
Those who reported never or rarely speaking dialect (questionnaire values 1-2;
N = 7) had a mean dialect score of 3.31; those at the intermediate level (value 3;
N =5) scored 3.50; and those at high frequency (values 4-5; N = 4) scored 3.29.
No systematic trend is apparent across the three levels, and the within-group variance
is too large and the cell sizes too small to draw any inferential conclusions from
this pattern. The absence of a gradient from low to high dialect frequency is itself
consistent with the unenregistered variety interpretation developed in Section (4.3
That is, if Todi speakers do not internally register their variety as phonetically

distinct from Standard Italian, frequency of dialect use may not be expected to
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predict prototype location.

Sex

A sex difference was observed in the expected direction. A Mann—Whitney test
(U = 263.0, p = .015) revealed that male participants (N = 18, M = 3.77) selected
more Todi-like steps than female participants (N = 20, M = 3.39). However, this
effect is affected by the group compositions. The Other group, which showed the
highest dialect scores, comprises 13 male and 5 female participants, while the Todi
group, which showed the lowest, comprises 4 male and 12 female participants. The

sex difference is therefore reported descriptively as a potential confound.

Duration

Session duration was negatively correlated with mean dialect score in the expected
direction (Spearman p = —0.21), which suggests that longer sessions may be as-
sociated with slightly more conservative, Standard-Italian-leaning selections; this

correlation, however, did not reach significance (p = .20).

Interpretation

The main, and unexpected, finding of Task 3 is that the Todi group did not produce the
highest dialect scores. If Todi listeners had strong perceptual prototypes calibrated to
their own peripheral vowels they should have selected the most Todi-like continuum
steps to describe their own pronunciation (Kuhl, |1991). Instead, the Other group,
who have no direct experience with Todi speech, chose more Todi-like steps than

the Todi group on average.

The framework of unenregistered dialect perception, as described by Clopper (2021)),
provides the most reasonable explanation for this trend. The present Todi data are
consistent with this pattern. If Todi speakers have internalized Standard Italian
formant targets as their mental norm for what a vowel "should" sound like, then
they would select continuum steps closer to the SI endpoint as their prototypes,
regardless of how their actual productions are distributed. Their mean of 3.37 lies

only modestly above the midpoint, suggesting their prototypes do not strongly favor
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Accounting for the Other group is less straightforward. One possibility is that
many non-Umbrian Italian varieties have vowel targets that are peripheral relative to
Ferrero et al.’s (1978) Standard Italian measurements. The realization of mid vowels
varies considerably across the peninsula (Canepari, 2026). If Other participants had
regional prototypes for, say, /i/ or /e/ that were already more front or more open
than the SI values, the Todi endpoint might have served as a better acoustic match
for their own pronunciation than the SI endpoint. The per-vowel data provide partial
support for this interpretation: the Other group selects strongly Todi-like steps for
/i/, /e/, and /o/, but strongly SI-like steps for /o/. This vowel-specific pattern

suggests that the Other group’s responses are driven by diverse prototype locations.

If listeners maintain phonetic prototypes that are more extreme than the SI averages,
the most peripheral step on each continuum would consistently attract the highest
rating (Johnson, Flemming, and Wright, [1993). However, this effect was originally
demonstrated in a two-dimensional F—F, space, and the present continua are one-
dimensional interpolations between two measured speaker-average values. It is not
clear if using steps interpolated along the minimum Euclidean distance between the
SI and Todi targets could have therefore biased the results. This account is therefore

treated with caution.

Methodological considerations

Three methodological features of Task 3 bear on the interpretation of the results.
First, as noted in Section[4.2] the response interface presented IPA symbols and car-
rier word anchors as category labels. The same limitation applies here: participants
who cannot reliably map a symbol to a vowel category may not be selecting the step
that matches their own pronunciation of that vowel but rather one that sounds most

natural or familiar in isolation.

Second, the continua are one-dimensional linear interpolations in Bark space be-
tween two measured vowel averages. The acoustic difference between adjacent steps

along a single formant dimension may not reflect the same perceptual distance as an
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equivalent Euclidean distance in the full F|—F; plane. In particular, the two targets
represent average values across a small group of both Todi speakers and the refer-
ence values from Ferrero et al. (1978)). Within-group variability in real speech likely
spans a range broader than the interval between steps 1 and 5 on any continuum.
Responses in the middle of the scale therefore do not unambiguously indicate an
intermediate prototype, but rather the absence of a strong attractor anywhere in the

sampled range.

Third, the exclusion of /u/ from the analysis reduces the vowels from seven to
six. The /u/ exclusion was motivated by asymmetry that substantially exceeded
the maximum observed for any other vowel. This asymmetry is consistent with
a position-preference artifact rather than a systematic prototype judgment. Its in-
clusion would have distorted both per-participant averages and group comparisons.

Further investigations into the asymmetry of /u/ is a question for future work.
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Chapter 5

CONCLUSION

This thesis addressed two research questions concerning the tonic vowel system of
the Todi variety of Italian. The measurements for this variety exhibit systematic
deviations from the Standard Italian reference documented by Ferrero et al. (1978)).
The engineering question investigated the quality of the synthetic stimuli. The
linguistic question asked whether listeners from Todi have different locations for
their mental prototypes of the seven tonic vowels of Italian. The synthesis pipeline
was presented in Chapter [2; the experimental design, including the Todi acoustic
measurements, in Chapter @; and the results and discussion in Chapter Ef} This
chapter summarizes the conclusions from each chapter, discusses their theoretical
significance, identifies the main limitations of the approach, and proposes directions

for future research.

5.1 Main findings

The parallel formant synthesizer developed for this study successfully implements
the vowels in a computationally transparent and acoustically controllable form. The
cascade-to-parallel gain calibration procedure aligns formant peak amplitudes to
within 0.1 dB of the cascade reference across all seven Todi vowels. The alias-free
frequency-domain LF source (Gobl, 2021)) eliminates the aliasing distortion that is
perceptually detectable at standard sampling rates (Wang and Gobl, 2023), ensuring
that the glottal excitation introduces no spectral artifacts into the stimuli.

The MUSHRA naturalness evaluation confirmed the predicted ordering of the three
synthesis conditions. The rough condition received significantly lower naturalness
ratings than both the natural and robotic conditions (p < .001 and p = .012 respec-
tively). The difference between natural and robotic, however, was not significant
(p = .235). This pattern is consistent with the well-established relationship between

source perturbation and perceived voice quality. Moderate aperiodicity is a property
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of healthy phonation that contributes to naturalness, whereas excessive perturbation
is perceived as roughness rather than as an enhancement (D. H. Klatt and L. C. Klatt,
1990).

The absolute rating levels were uniformly within the ITU-R Poor band; M = 33.6,
29.5, and 23.8 for natural, robotic, and rough respectively. As discussed in Sec-
tion [4.1] this outcome is attributable to a bandwidth mismatch. The natural speech
references were sampled at 44.1 kHz, whereas all synthesized stimuli were generated
at 10 kHz. Because the reference defines the 100-point ceiling of the MUSHRA
scale (International Telecommunication Union, 2015), no synthesized condition
could approach the upper portion of the scale. The absolute scores are therefore
not interpretable as direct measures of synthesis quality in isolation, however, the
ordinal comparison alone is valid. On ordinal grounds, the natural condition is the

highest-rated option across all vowels and all listener groups, as expected.

Vowel identification

The forced-choice identification task confirmed that the synthesized Todi vowels
are categorized as Italian phonemes at a rate well above chance (71.8%; chance
= 14.3%). This implies that the synthesis correctly reproduces the information
needed for vowel identification. The corner vowels /a/ and /i/ were identified with
near-ceiling accuracy (99.1% and 89.5% respectively), and moderate accuracy was
obtained for /e/, /u/, and /o/ (78.1%, 77.2%, and 72.8%). The open-mid vowels
/¢/ and /o/ performed substantially below the remaining five, at 51.8% and 34.2%.

The dominant error pattern for both low-accuracy vowels was confusion with the
adjacent closed-mid category: 43.9% of /e/ responses were /e/, and 50.0% of
/o/ responses were /o/. The motivation for this result uncertain, although an
important consideration is that the open/closed distinction in the mid-vowel pairs is
the narrowest F| separation in the system (approximately 140-160 Hz from Ferrero
et al. |1978)). The absence of formant-transition cues is disadvantageous for the
vowels whose category membership relies most heavily on them (Hillenbrand et al.,
1995).



74

Listener group differences were most pronounced on the open-mid vowels. Central
Italian listeners (Todi and Tuscany) outperformed those from other regions on both
/e/ and /o/, consistent with greater perceptual sensitivity to the open/closed dis-
tinction in varieties that maintain it robustly. For the high-accuracy vowels, group
differences were negligible.

Prototype selection

The prototype selection task yielded the most theoretically significant finding of the
study. Against the prediction of the perceptual magnet effect (Kuhl, 1991}, listeners
from Todi did not select the most dialect-like continuum steps as their prototype.
Their mean dialect score was 3.37 on a 1-5 scale from Standard Italian to Todi, only
modestly above the continuum midpoint of 3.0. The group composed of all other
regions except Tuscany produced a mean of 3.78, which is more Todi-like despite
reporting having no experience with the Todi variety. A non-parametric group
comparison confirmed a significant overall group effect and a significant pairwise

difference between the Other and Todi groups.

The vowel-level analysis added nuance to this pattern. The Other group selected
strongly Todi-like steps for the front vowels /i/ (M = 4.00), /e/ (M = 4.39), and
/e/ (M = 3.89), but markedly SI-like steps for /o/ (M = 2.67, below the midpoint).
The large cross-group spread for /o/ (1.89 scale points) and the reversal for /o/
suggest that the Other group’s responses are driven by diverse regional prototype

locations.

Within the Todi group, no systematic gradient from low to high dialect frequency
was observed. This is consistent with the proposal that self-reported dialect use
does not predict prototype location when the variety is not socially registered as

phonetically distinct from Standard Italian.

5.2 Limitations
The interpretation of the results is limited by several methodological constraints. The
Todi acoustic data derive from only eight speakers, which sufficient for a preliminary

description but inadequate for fully characterizing the variety. Formant values were
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manually extracted by a single annotator without reported inter-rater reliability. The
Standard Italian reference (Ferrero et al., |1978]) lacks sex-disaggregated data, and

the assumption of matched speaker groups remains untestable.

The synthesis employed static steady-state vowels with fixed formant frequencies
at a 250 ms duration. Omitting dynamic formant transitions known to be crucial
for vowel identity (Hillenbrand et al., 1995). This under-represents natural acoustic
cues. The 10 kHz sampling rate further limits the spectrum to 5 kHz, sufficient
for identity but creating a quality gap versus 44.1 kHz natural speech in MUSHRA

evaluations.

Listener groups were unbalanced in size and sex composition, with the small Tuscany
group (n = 4) excluded from comparisons. The heterogeneous “Other” group spans
twelve regions, complicating interpretation. IPA-based response options may have
challenged untrained participants, inflating confusions. The /u/ vowel was excluded

from prototype analysis due to extreme directional asymmetry.

5.3 Future research

Future research should include larger, sex-balanced speaker and listener samples.
Bigger sample sizes would enable sex-, age-, and city/regional-specific analyses.
Extending data collection to other Umbrian varieties (e.g., Foligno, Spoleto) would
allow comparison of measurements to see if the Todi speech data is localized or part

of a larger Umbrian or central Italian phenomenon.

The overall conclusion is that the data are inconclusive but point to there not being
a clear perceptual difference between Standard Italian and the variety of Italian
spoken in Todi, or to the variety being socially unenregistered. More research into
the social conditions under which this dialect is perceived is therefore considered a

fundamental next step.
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Appendix A

CODE LISTINGS

import numpy as np

from numpy.polynomial.polynomial import polyadd

class TF:

def

def

def

def

def

__init__(self, b, a):
self.b = np.asarray(b, dtype=float)

self.a = np.asarray(a, dtype=float)

mu

l1__(self, other):

if isinstance(other, TF):

return TF(np.convolve(self.b, other.b),

np.convolve(self.a, other.a))
return TF(self.b * other, self.a)

__rmul__(self, other):

return self * other

__imul__(self, other):
total = self * other
self.b = total.b

self.a = total.a

return self

b

ad

d__(self, other):
polyadd (np.convolve(self.b,

other.a),
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np.convolve (other.b, self.a))
a = np.convolve(self.a, other.a)
return TF(b, a)

def __iadd__(self, other):
total = self + other
self.b = total.b
self.a = total.a
return self

def __repr__(self):
return f"TF(b={self.b}, _.a={self.a})"

Listing A.1: The Transfer Function (TF) class with overloaded operators for series

and parallel interconnection of LTI systems.

def resonator(F, B, Ts):

R = np.exp(-np.pi * B * Ts)
theta = 2 * np.pi * F * Ts

B_coeff = 2 * R * np.cos(theta)
C_coeff = -(R**2)
A_coeff = 1 - B_coeff - C_coeff

return TF([A_coeff], [1.0, -B_coeff, -C_coeff])

Listing A.2: Python function for generating the transfer function of a second-order

digital resonator using the TF class.

def pre_emphasis(alpha=0.9):
return TF([1.0, -alpha], [1.0])
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def differentiator():
return TF([1.0, -1.0], [1.0])

Listing A.3: Convenience functions for common filters using the TF class (pre-

emphasis and differentiator).

def cascade(F, B, Ts, n_res=5):

H = TF([1], [11)

for i in range(n_res):

H_res = resonator(F[i], B[i], Ts)

H *= H_res

return H

def parallel(F, B, Ts, G=None, n_res=3):

if G is None:

G = np.ones(n_res)

H = TF(C[O], [1D)

H_filter = pre_emphasis()

for i in range(n_res):

H_res = resonator(F[i], B[i], Ts)

if i > 0:



H_filter = differentiator()

pOlarl‘ty = (_1) o) i

H += polarity * G[i] * H_filter * H_res

return H

Listing A.4: Cascade and parallel filters implemented with the TF class.
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alias-free synthesis, [I§]
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B
background questionnaire, 32} [56]
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Todi, 35]
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Burg algorithm, [34]

C
cascade synthesizer, [I0]
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Central Italian,
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confusion matrix, 51} [64]
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dialect
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dialect frequency, [56]
dialect score, [67]
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DIPiN,

E
elicitation
word list, 31]

F
figures, [30]
forced-choice identification, [31]
formant, [43]
bandwidth, [T3]
frequency, T3]
formant frequencies
Standard Italian, 26} [30]
Todi, [29] 30} 33]
formant pattern, 45|
formant synthesis, [T} [10]
fundamental frequency, [7] [I§]

G
gain calibration, [12]
glottal source, [16]

H
higher pole correction (HPC), [10]
hyperspace effect, [3]

I
Italia mediana, 27]
ITU-R BS.1534,[49

J
JATOS, 58]

jsPsych, [5§]
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just discriminable difference, [20]

K
Kruskal-Wallis test,

L
LF model, [T6]
Linear Predictive Coding (LPC),

linearity, [T0]

M

Mann-Whitney U test, [69]

mean opinion score (MOS), 49|
Method of Adjustment (MOA),
minimal pairs, 3]

MUSHRA, 9]

N

naturalness rating, (49|

neural TTS,
Newton—Raphson algorithm,

0]
open quotient,
open-mid vowels, [25] [63|

P
parallel synthesizer, [[0]

parametric synthesis, see formant synthesis

participants, [56]
demographics,
group assignment, [56]
non-Umbrian group, 56|

recruitment, 56|
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Todi group, [56]
perceptual magnet effect, 40|

Praat, 28] 34]
pre-emphasis filter, [13]
prototype

mental,
prototype selection, [54]
prototype theory, 40|
Python, [T]]

R
radiation, [9]
resonator, 3]

pole angle, [T
pole radius, [

S
source-filter theory, [7]
speakers
Todi, 33]
speech production
acoustic theory of,[7]
Standard Italian, 23]
tonic vowels, 26|
steady state, [34]
system

Linear time-invariant, [§]

T

tables, 21} 26] 291 31} B3} B5] [57]
Todi dialect

tonic vowels, 29
Todi variety, 27]
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tonic vowels, 23]

tonotopic
organization,

transfer function

frequency response, [14]

U
Umbrian dialect, [27]
unenregistered dialect, 69}

\'%
vocal tract

transfer function, 45]
vocal tract filter, [} [10]
voice quality, [16]

jitter, [T§]

shimmer, [T8]
tremor, [19]

vowel continua, 22]
step size, [21]
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