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Abstract. Voice quality has been defined as the characteristic auditory colour-
ing of an individual's voice, derived from a variety of laryngeal and supralaryn-
geal features and running continuously through the individual's speech. The dis-
tinctive tone of speech sounds produced by a particular person yields a 
particular voice. Voice quality is at the centre of several speech processing is-
sues. In speech recognition, voice differences, particularly extreme divergences 
from the norm, are responsible for known performance degradations. In speech 
synthesis on the other hand, voice quality is a desirable modelling parameter, 
with millions of voice types that can be distinguished theoretically. This article 
reviews the experimental derivation of voice quality markers. Specifically, the 
use of perceptual judgements, the long-term averaged spectrum (LTAS) and 
prosodic markers is examined, as well as inverse filtering for the extraction of 
the glottal source waveform. This review suggests that voice quality is best in-
vestigated as a multi-dimensional parameter space involving a combination of 
factors involving individual prosody, temporally structured speech characteris-
tics, spectral divergence and voice source features, and that it could profitably 
complement simple linguistic prosodic model processing in speech synthesis. 

1   Introduction 

The study of voice quality has recently gained considerable importance in speech 
processing. It bears a direct relationship to the naturalness of speech synthesis sys-
tems, and it is part of the natural language constraints considered in speech recogni-
tion. 

Specifically, current speech synthesis systems are used in an extensive range of 
applications, encompassing a wide variety of individual speech styles. This brings 
with it a call for greater authenticity in voice quality. An automatised product descrip-
tion, for example, should be produced in a clearly audible and informative speech 
style when the context calls for an efficient transmission of factual information, e.g., 
by telephone. Yet in a promotional context, essentially the same information should 



be provided in a more “peppy”, more engaging style in order to capture the client’s 
interest. Similarly, contexts can be imagined where low, raspy voices, strong, com-
manding voices, or quiet, retiring voices could advantageously replace the “standard-
fare”, neutral and somewhat monotonous voices that are typically provided in current 
speech synthesis systems. 

To do this, two major aspects of an individual speech style must be controlled: 
first, its prosodics, involving the timing, fundamental frequency and amplitude of 
various elements in the speech signal (typically syllables), and second, its voice qual-
ity, involving control over a whole series of further aspects of the voice signal, pri-
marily divergence from spectral distributions, voice source features and temporally 
structured features (e.g., voice on-/offsets, jitter [cycle-to-cycle durational variation]). 
Although it will be seen that prosodic and voice quality features interact closely, it is 
useful to distinguish them for historical, explanatory, and algorithmic purposes. 

Since there are systematic divergences in signals produced with distinct voice 
types, the differentiating potential of voice quality can also be exploited for various 
speech recognition purposes. For example, such divergences are part of an individual 
biological identification pattern and can be used as one component of a larger speaker 
identification system for information access control. Also, acoustic properties relating 
to habitual articulatory configurations and to typical speech motor activity can to a 
large extent be obtained automatically, and can be exploited as part of a wider feature 
set in general speech recognition systems. 

In line with this logic, this introductory review article explores the methodology of 
obtaining different types of voice quality from the perspectives of articulatory deter-
minants and their acoustic signal realization. Certain articulatory settings in the vocal 
tract have been associated with particular acoustic feature sets found with specific 
speech styles, and thus underpin differentiations formulated at the acoustic level. At 
the acoustic signal level, a variety of signal features have been associated with vari-
ous aspects of voice quality which are directly relevant to speech processing systems 
that must deal with voice quality modification in the case of synthesis systems, and 
with voice quality differentiation in the case of recognition systems. By briefly re-
viewing both articulatory and acoustic indicators, we wish to clarify the core of the 
work to be done in speech synthesis and speech recognition in the area of voice qual-
ity. In this paper, we are not concerned with detailed algorithmic content. We are 
mainly interested in understanding the conceptual framework of doing research on 
voice quality1. 

2   Laver’s Articulatory and Acoustic Voice Quality Schema 

We begin by examining the articulatory and acoustic correlates of voice quality in 
terms of an initial unified scheme. Our point of departure is the influential classifica-
tion scheme proposed by Laver [2, 3], which is based on perceptual ratings of articu-

                                                            
1 A reader familiar with basic information about the articulatory and acoustic aspects of speech 

production is supposed here. Much of the basic information not covered here, as well as 
many additional sources and explanations are furnished in [1]. 



latorily defined voice quality modifications. This will introduce concepts and a useful 
initial terminology for voice quality and its acoustic measures. 

In Laver’s approach, the definitional process issues from a “neutral setting” of the 
articulatory apparatus. In this setting, the speaker is assumed to produce speech with 
articulatory organs that show equilibrated muscular tension throughout the vocal tract. 
At the supralaryngeal level, this means primarily that the jaw is neither lowered nor 
raised, the tongue root is neither particularly advanced nor retracted, and the lips are 
not protruded ([2] p. 14). At the laryngeal level, this means that “vibration of the true 
vocal folds is periodic, efficient and without audible friction” ([2] p. 95). This articu-
latory configuration produces a “neutral voice” or “modal voice” for a given speaker. 
Voice quality modification, or “voice modulation”, can then be defined as the effect 
of departures from this habitual setting. This makes it possible to examine the selec-
tive modifications of labial, lingual, velar and laryngeal settings in the articulatory 
tract. 

2.1. Summary of Laver’s Voice Quality Schema 

Laver’s schema is summarized in the following listing. As is common, the vocal tract 
is divided into a supralaryngeal portion on the one hand (lips, tongue, palate, velum, 
pharynx), and a laryngeal portion on the other (larynx and the associated muscula-
ture). Respiration, though relevant to voice quality, is subsumed. The schema (which 
is based on an extensive literature review prior to 1980) summarizes articulatory set-
tings in terms of an integrated description of active and largely independent motor 
components of articulatory functioning. At various points indicated in the original 
text, Laver’s account of articulatory descriptions diverges marginally from accounts 
given by other authors. Settings for different articulatory structures are given in regu-
lar font, and the acoustic consequences of non-neutral (“non-modal”) settings are 
given in italics. 

  
1. Supralaryngeal settings, defined in terms of longitudinal, latitudinal and velo-

pharyngeal settings of the vocal tract. 
a. Longitudinal settings: relative lengthening and shortening of vocal 

tract. 
i. Raised larynx and lowered larynx voice (“high” vs. “low” 

voice). Raised: high F0, lowered: low F0, often breathy, i.e., 
presence of noise in all speech frequencies. 

ii. Labial protrusion. Lowers all formant frequencies, particu-
larly higher formants. 

b. Latitudinal settings: relative widening and constricting of vocal tract at 
various levels. 

i. Labial settings: constrictions and expansions of the lip open-
ing. Acoustic effect not specified. 

ii. Lingual settings: displacement of tongue body towards the an-
terior, central or posterior portion of the palate or the back wall 
of the pharynx. Displaces formant 1/2 vowel triangle as a 



whole, provides general acoustic coloring in accordance with 
the vowel towards which the triangle is displaced. 

iii. Faucal settings: constriction of the passage between the oral 
and the pharyngeal cavities. Acoustic effect not specified. 

iv. Pharyngeal settings: constriction of the pharyngeal cavity. 
Acoustic effect not specified. 

v. Mandibular settings: close/open jaw position, protruded jaw 
position. Major effect: raising of formant 1 with lowering of 
jaw, lowering of formant 2 with closing of jaw. 

c. Velopharyngeal settings: abnormal degrees of nasality (“nasal twang”) 
or lack of nasality (“denasality”). With nasality, appearance of one or 
more nasal formants (200-300 Hz, 1 kHz and 2 kHz) and of one or more 
anti-formants (anti-resonances2), plus overall loss of acoustic power, 
especially in first formant and in higher frequencies, accompanied by a 
flattening and widening of formants.  

2. Laryngeal settings, defined in terms of adductive tension approaching the aryte-
noid cartilages,  medial compression on the vocal processes of the arytenoid car-
tilages, and longitudinal tension along the vocal folds ([2] pp. 108-109). 

a. Modal voice: moderate adductive tension, medial compression and lon-
gitudinal tension. Acoustic norms for neutral or modal voice are sum-
marized in [2], Chpt. 1. They correspond to the acoustic indicators ob-
tainable from a standard corpus of neutral, declarative speech. 

b. Falsetto: alternative to modal voice, high adductive tension, large me-
dial compression and high longitudinal tension. F0 two to three times as 
high as for modal voice, simplified waveform, rapid spectral falloff in 
high frequencies. 

c. Whisper: can be combined with modal or falsetto voice; low adductive 
tension, moderate to high medial compression, variable longitudinal ten-
sion, producing a triangular opening of vocal folds of variable size. Ad-
dition of considerable noise in all frequencies, particularly in the higher 
ranges. 

d. Creak: can be combined with modal or falsetto voice; also called “vo-
cal/glottal fry”; emission of short vocal pulses at a frequency and with a 
degree of inter-pulse damping that permits their perception as “separate 
taps”. Low f0 (20-90 Hz), separate, potentially complex vocal pulses. 

e. Harshness: can be combined with other voice-forms; other terms: 
“raspy”, “rough”; due to great adductive tension and great medial com-
pression, yet with indifferent longitudinal tension, inducing excessive 
approximation of vocal folds. Aperiodicity in f0, “jitter”. 

f. Breathiness: can be combined with other voice-forms; low adductive 
tension, low longitudinal tension, in comparison with whisper, low me-
dial compression. Addition of moderate degrees of noise, reduction of 
higher frequencies. 

3. Tension Settings. Defined by a general tensing or laxing of the entire vocal tract 
musculature, giving “tense”, “sharp”, “shrill”, “metallic” or “strident” voices on 

                                                            
2 Reduction of spectral amplitude at a certain resonance frequency. 



the one hand, and “lax”, “soft”, “dull”, “guttural” or “mellow” voices on the 
other. Distinguished primarily by relative amounts of energy in the upper and 
lower harmonics, where the limit between the two is set at about 1 kHz. Secon-
darily, tense voices tend to show higher overall amplitude than lax voices. 

2.2. Comments on Laver’s Voice Quality Schema 

A number of comments are in order with respect to Laver’s approach to the analysis 
of voice quality. As indicated, the point of departure is the notion of vocal tract set-
ting. Laver ([2] p. 13) says that “a preliminary way of envisaging an articulatory set-
ting is to imagine a cineradiographic film being taken of the vocal apparatus in action 
over, say, 30 seconds. If the individual frames of the film were superimposed on top 
of each other, a composite picture might emerge which would represent the long-term 
average configuration of the vocal organs. This configuration constitutes the setting 
underlying the more momentary segmental articulations...” In Laver’s approach, a set-
ting is thus an average state of the vocal tract, and a given voice quality can be 
thought as an acoustic condition resulting from such an average articulatory configu-
ration. As a reflection of this, one traditional acoustic measure of voice quality set-
tings has been the long-term (average) spectrum (LTS or LTAS), a spectrum derived 
from a set of spectra taken over a given time period (typically 30+ seconds of speech). 

The articulatory definition of a setting has a number of important implications. The 
first is that certain departures from a neutral setting in one part of the vocal tract can 
be combined with departures in another part of the speech apparatus, while other 
combinations are impossible because of articulatory linkage. This reduction in de-
grees of freedom has the effect of reducing the total number of voice quality states 
that can be either produced or perceived. For example, the laryngeal production of 
falsetto voice appears to be quite different from that used for modal voice, and a com-
bination of falsetto and modal voice is thus impossible (although a rapid alternation 
between the two is). As a result, the combination of modal and falsetto is impossible, 
while some other combinations (such as modal and creak) are possible. 

Also, some voice quality states may be articulatorily and acoustically similar to 
each other, such as whispered and breathy speech, while others are strongly distinc-
tive in both respects. However since the intention behind whispered speech (typically 
the wish not to be heard by others) is generally different from that which leads to 
breathy speech (typically a secondary effect of relaxed or affective speech), it remains 
important to distinguish the two types of voice quality, even though in terms of an ar-
ticulatory description, the two types of voice form a continuum ([2] p. 133). 

A limitation of the Laver scheme is rooted in the observability of articulatory 
events. For example, some pathological and some less common voice styles are char-
acterized by the prominent presence of mucus and saliva (“wet voices”). This pro-
duces audible acoustic modifications in the voice. However, such voices are not dis-
tinguished in Laver’s scheme, since the presence of oral humidity was rarely 
measured in pre-1980 studies and even today, the degree of oral humidity is not nor-
mally assessed in voice studies. 

Further, a given articulatory setting may in fact correspond to a linguistically dis-
tinctive state in a given language. For example, nasality is distinctive in French or 



Portuguese, and in these languages, acoustic indicators of nasality are primarily asso-
ciated with the distinctive feature set of the language and not with voice quality. In 
English, on the other hand, nasality is common among certain speakers of U.S. Eng-
lish, particularly in vowels preceding nasal consonants (a “nasal twang”). In these 
cases, it is appropriate to speak of nasality as a type of voice quality.  

Finally, there are a number of problems associated with the identification of an ar-
ticulatory setting. As we have seen, this notion supposes a temporary or habitual 
modification of the vocal tract in a given individual. A temporary modification can be 
empirically verified in a given speaker. But it is difficult to do so with a habitual 
modification, since the vocal tract is rarely or never in a neutral setting. In such cases, 
the underlying norm is derived from an appropriate sample of similar speakers, which 
in turn introduces the difficulty of establishing what constitutes a “similar speaker”. 
Given the small anatomical and physiological modifications that are responsible for 
what are often rather elusive acoustic differences, empirical verification of the notions 
presented here is therefore not always easy. 

A related empirical difficulty resides in the fact that Laver’s schema is defined in 
terms of a given individual’s articulatory settings (neutral and otherwise), while voice 
quality as generally understood concerns the use of voice by the generality of speak-
ers. The definition, distinction and classification of non-neutral voice quality, as well 
as its application to speech processing, usually concerns groups of speakers3, yet in 
Laver’s approach, it must be based on (sometimes only supposed) articulatory settings 
in individual speakers. These group associations are very difficult to verify empiri-
cally in an articulatory framework. Without suggesting that Laver’s approach is ill-
founded or that its schema is irrelevant to current speech processing research, it would 
clearly be helpful to have a set of acoustic features that reliably link all speakers 
showing a given voice quality x or y. It is with this goal in mind that we turn to a 
closer look at the acoustic measures used in the analysis of voice quality, to see if 
such features can indeed be identified in the acoustic waveform. 

3   Acoustic Voice Quality Measures 

Acoustic measures of voice quality must satisfy a series of requirements: 
• Perceived differentiations of voice should be reflected in predictable varia-

tions in the signal waveform or in one or several of its derivatives. 
• The measures should reflect states or a set of states of the vocal tract typical 

of a certain individual, and should be separable from states that are shared by 
large numbers of speakers and that are relevant to the production of phonetic 
segments or of prosodic features in a community of speakers (“linguistic fea-
tures”). 

• Since perceived voice quality reflects supra-laryngeal as well as laryngeal  
and sublaryngeal (respiratory) vocal tract settings, measures of the acoustic 

                                                            
3 E.g., sportscasters, priests or ministers in a church service, mothers interacting with young 

children, etc. 



speech waveform should capture all of these types of information, and 
should separate them if possible. 

 
It is not easy to satisfy all of these requirements with a single measure. As will be 
seen, measures that satisfy one requirement tend to fail on another, and the assessment 
of voice quality probably ultimately requires the parallel application of a whole series 
of measures. Let us review the most important measures, beginning with the long-
term average spectrum. 

3.1. Spectral divergence and the long-term average spectrum (LTAS) 

As briefly mentioned above, one traditional measure of voice quality has been the 
long-term average spectrum. In this approach, power spectra are taken at a given fre-
quency (e.g. one every ms) throughout a given stretch of speech, are averaged and are 
optionally summarized as a set of spectral bands. Average differences between spec-
tral profiles on the same stretch of speech presumably reflect long-term settings and 
are ideally expected to capture the essence of voice quality differences. The LTAS 
typically stabilizes after about 40 seconds [4], cited in [5]. Also, the LTAS reliably 
identifies quasi-constant characteristics such as a singer’s formant [6], cited in [5]. 

However, this approach is subject to four major limitations. First, long term aver-
ages mix spectral features relevant to segmental information with those more directly 
related to voice. This makes it difficult to compare different stretches of speech, or 
even, stretches that are lexically the same, but pronounced somewhat differently. As a 
consequence, there has been a tendency to replace the simple LTAS by more local-
ized measures recently. Klasmeyer [7] for example suggests performing LTASs on 
vowel nuclei only, and Keller [8] replaced LTASs by averages based on a large num-
ber of spectra obtained from the centre of vowel nuclei, as identified in a large corpus. 

The second problem is that averaging neglects temporal dynamics that often con-
tribute to the definition of a given voice quality. Creak, for example, is defined in 
Laver’s scheme by the fact that voice pulses are clearly spaced in the temporal do-
main. Since fundamental frequency values between 70 and 90 Hz are common, and 
since spaced f0 pulses with frequencies up to 90 Hz can be perceived as creak ([2], p. 
124), it is this temporal spacing, not the absolute fundamental frequency value, that is 
responsible for the perceptual impression of creaky voice. An LTAS neglects this type 
of information, just as it neglects some other prominent individual temporal features 
such as jitter, i.e., cycle-to-cycle variation, or particular  temporal evolutions at 
vowel-consonant transitions. 

Third, LTAS profiles obtained from high-amplitude signals show considerable di-
vergences from LTAS profiles recorded from low-amplitude signals [5]. Increases in 
vocal loudness cause a larger increase of LTAS at 3 kHz than at 0.5 kHz, which com-
plicates even comparisons of multiple recordings of the same text from a single 
speaker. Below 4 kHz, the difference between high- and low-amplitude LTAS pro-
files is predictable from overall sound level to a reasonable degree (within 2-3 dB), 
but above 4 kHz, the individual variation is too great to be modelled [5]. It is thus 
recommended to take at least three recordings at different loudness levels to calculate 
LTAS profiles. 



Finally, distinctions obtained through averaging methods have been regrettably 
weak. In the Keller study just referred to ([8]) which involved the examination of 
some 30’000 vowel nuclei from 56 speakers of the MARSEC corpus4, only relatively 
minor systematic spectral differences were identified in standardized spectra for gen-
der and speech style (Figs. 1, 2). Attempts to use these differences to modify speech 
resynthesized with a harmonics-and-noise model were not successful, presumably be-
cause the averaging technique removed acoustic and temporal indices that are impor-
tant for the differentiation of gender and speech style.  
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4 Machine-Readable Spoken English Corpus, available from  
  www.rdg.ac.uk/AcaDepts/ll/speechlab/marsec 



Fig. 1. Averaged and standardized gender profiles for some 30’000 vowel nuclei identified in 
the MARSEC corpus. Although all differences were significant (except for bark band 1), the 
only major differences occur around Bark bands 3 and 8-9. 

Standarized Spectral Profiles for Different Styles of Speech
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Fig. 2. Averaged and standardized speech style profiles for some 30’000 vowel nuclei identi-
fied in the MARSEC corpus. Although all differences were significant, the differences tend to 
be minor and are barely audible when resynthesized by a spectral synthesis method such as 
HNM (harmonics and noise modeling). 

Altogether, while LTASs undeniably illustrate certain voice quality differences, they 
are apparently of insufficient power to effect voice quality modification or speaker 
distinctiveness in speech synthesis when used alone. It must be assumed that a num-
ber of dynamically patterned features in the acoustic waveform make further impor-
tant contributions to the perception of given voice quality. We next turn to an impor-
tant subgroup of such features which are the prosodic markers. 

3.2. Acoustic Measures Related to Prosody 

From the previous observation, it appears unlikely that voice quality can be defined 
solely in terms of static acoustic features such as the LTAS. As indicated in Laver’s 
schema, several temporally structured elements enter into consideration as well, to-
gether with static acoustic indicators, as well as several parameters that are tradition-
ally associated with prosody, notably fundamental frequency (f0) for perceived pitch, 
intensity (dB) for perceived loudness, as well as duration (typically of vowels or syl-
lables). Raised and lowered larynx voices, for example, were distinguished primarily 
on the basis of pitch in Laver’s schema. Also, some voices are distinctively loud. 

At the same time, it is well-known that pitch and loudness have several linguistic 
functions, such as the declarative/interrogative distinction and accentuation found in 
European languages. A local combination of high f0 and high dB value can thus be 
indicative either of a high voice, or of a question intonation, or both. The assignment 



of prosodic and/or voice quality values depends in part on how voice quality is de-
fined, and in part on the context. In Laver’s “stable articulatory setting” approach, 
voice quality is the underlying, relatively unchanging base for a parameter like f0, and 
linguistic significance is decided by different degrees of departure from this line. 
However, this decisional process becomes more complex as the notion of voice qual-
ity is extended to cover a wider variety of concepts. 

Suppose for example a combination of high f0, dB and duration values on the first 
syllable of the word really. Given sufficient contextual information, a human listener 
can deduct the relevant linguistic and social information from various acoustic com-
ponents of this syllable. Suppose for example (1) that the word is contextually identi-
fiable as part of a question, (2) that it is spoken with a timbre assignable to a male 
voice (whatever “timbre” might be in this context), (3) that its f0, dB, and duration 
values are excessively high for the given speaker, language and context, and (4) that 
phrasal on- and offsets show a high degree of jitter. Taken together, these indicators 
not only suggest to another speaker of English that the word is part of a question, but 
also that the speaker is male and possibly anxious. This decisional process involves 
minimally a fairly complex and language-specific set of thresholds for f0, duration, 
dB and jitter, plus knowledge about spectral profiles corresponding to male vs. female 
vocal tracts, the pragmatic and linguistic contexts that permit the interpretation of the 
word as part of a question, and possibly knowledge about previous speech perform-
ances by the same speaker. 

In speech recognition and speech synthesis, analogue decompositional, decisional 
and combinatorial efforts must be undertaken. In speech recognition, success of lin-
guistic, paralinguistic and extralinguistic5 interpretations of a given combination of f0, 
dB or jitter values depends on the adequacy of the multi-tiered statistical models to 
which incoming utterances are compared. When integrating such information in 
speech synthesis, all contributing elements have to be furnished with a credible tem-
poral profile, and must be combined satisfactorily to evoke the intended utterance. 
This supposes not only a well-defined set of correspondences between acoustic and 
linguistic, paralinguistic and extralinguistic elements, but it also involves knowledge 
concerning the value and linearity of the various contributional ratios. For example, 
are linguistic, paralinguistic and extralinguistic models strictly additive? If not, to 
which proportion does each level contribute to the overall measure of f0, dB or dura-
tion? And are these proportional contributions linear throughout the usage range? 

Furthermore to synthesize natural-sounding speech, prosodic parameterizations 
must be combined with appropriate voice quality manipulations. In a study where 
fundamental frequency and voice quality parameters were manipulated separately in 
the synthesis of various types of voices6, voice quality manipulations contributed in 

                                                            
5 It is useful to distinguish linguistic, paralinguistic and extralinguistic aspects of voice quality. 

The linguistic component communicates semantic and distinctive information that is part of 
the speaker’s language. The paralinguistic component communicates the speaker’s affective, 
attitudinal or emotional states, his/her sociolect and regional dialect, as well as aspects of 
turn-taking in conversation. This components is to a large degree specific to a given language 
or language group. The extralinguistic component communicates the speaker’s individuality, 
gender and age, i.e., the characteristics of a certain speaker. It can be judged independently of 
the speaker’s language. 

6 Modal (neutral), breathy, whispery, creaky, lax-creaky, modal, tense and harsh voice. 



important fashion to the communication of affect [9]. Only the signals that included 
adjustments for voice quality succeeded in communicating the emotions in question 
reliably. By contrast, signals combining fundamental frequency manipulations with 
voice quality appropriate to a neutral voice (i.e., signals similar to those used in cur-
rent speech synthesis systems) were judged much less expressive by comparison. 

In summary, the prosodic parameters of fundamental frequency, duration and in-
tensity are clearly of relevance in judgments of voice quality. However, in contrast to 
other areas of research on voice quality, particularly voice source analysis, the rela-
tionship between linguistic and individual components of prosody has been examined 
far less systematically. It is evident that future paralinguistic interpretation of these 
indicators will have to involve a parallel clarification of the speaker’s linguistic and 
pragmatic situation. Various extralinguistic markers in the prosodic domain are also 
indicative of the speaker’s individuality, age, sex and various psychological attributes. 

Further, no study has to our knowledge systematically explored the relationship be-
tween prosodic parameters and personality style. Yet it is a common observation that 
speakers, apart from their voices, differ tremendously regarding their prosodic style. 
With respect to intonation and rhythm alone, for example, one may describe a 
speaker’s expression as fluent, lively, constrained, relaxed, etc. Intonation, rhythm 
and breathing are apparently the main parameters that convey these styles, in some 
specific combination that still needs to be established. These are the parameters that 
are often imitated by impersonators, whereby the imitation of the vocal component is 
more difficult to perform [10, 11]. 

Also, studies on twins are interesting in this context because of their morphological 
similarity (see e.g., [12]). Loakes [13] found acoustic differences in the speech of 
twins, despite closeness as judged perceptually. Speech samples from twins were 
compared by focusing on variables which have a high degree of speaker variation 
(e.g. consonant sequences /stR/, /tR/ and /tS/), and also variables that show minimal 
variation (e.g. mid-vowels such as /E/). Within- and between-speaker differences 
were identified using both auditory and acoustic methods of analysis. Results indicate 
that similar-sounding voices that originated from vocal tracts with minimal differ-
ences can be discriminated acoustically in the Formant 4 region. Prosodic parameters 
were not explored, and one may expect that some fine prosodic differences could also 
be identified.  

Zellner Keller is currently investigating relationships between certain prosodic 
styles (e.g., very expressive vs. barely expressive), signalled by specific combinations 
of acoustic parameters, and specific personality styles. The aim of the study is to ex-
amine if and to which degree some personality styles can be reliably associated with 
typical strategies of prosodic expression, considering that this level of expression will 
be more or less obfuscated, due to the other superimposed social, linguistic, emotional 
and attitudinal encodings. In first results, it was found that listeners can and do asso-
ciate speech with personality traits [14]. These attributions are remarkably consistent 
across listeners, even when they have a different language background 
(French/German). The significant correlation between personality and prosody clus-
ters can be explained by supposing that listeners attribute personality traits on the ba-
sis of prosodic features of speech. 

For the assessment and the automatic processing of individual voice quality, it is 
thus important to examine the contribution of the three classical prosodic parameters 



in interaction with indicators of their linguistic and paralinguistic significance. These 
parameters must also be combined with appropriate voice quality parameters to effect 
synthesis that is natural-sounding with respect to affect. This is the issue we turn to 
next. 

3.3. Source Modeling 

While all parts of the articulatory tract contribute to some degree to voice quality, the 
research community largely agrees that conditions affecting the air flow at the glottis 
(i.e., laryngeal or source settings) are responsible for particularly salient aspects of 
this speech component7. Conditions relevant to voice quality can be transitory (as in 
the case of voice on- and offsets), short-term (e.g., over the duration of a vowel) and 
longer-term (i.e., affecting all voiced components on an individual’s speech).  Much 
research of the past 20 years has thus been directed at obtaining the glottal waveform 
reliably and automatically, with a minimum of discomfort to the speaker. 

Unfortunately, the source waveform is difficult to recuperate, since even intraoral 
recordings performed directly above the larynx show effects of resonator coupling 
from the supraglottal cavities. Approximations to the “pure” glottal waveform can 
generally only be obtained through recordings performed with specially designed 
pneumotachograph mask for recording oral airflow at the mouth, the “Rothenberg 
mask” [15], from more indirect evidence such as glottal pulse wave trains obtained 
with electroglottographs8,9 [16], or from calculations and theoretical inductions per-
formed on the acoustic speech waveform, that is, from so-called inverse filtering 
methods. This latter approach is of particular interest to persons working in speech 
processing, since it can be applied to standard sound recordings performed with a mi-
crophone outside the mouth. 

In inverse filtering, the glottal waveform is extracted from the speech waveform by 
separating the respiratory and glottal source component of the speech waveform from 
the filter component (corresponding to the supraglottal vocal tract resonator contribu-
tion), plus the radiation loading at the lips. This source-filter model of speech produc-
tion (originally formulated by Fant in [17]) treats the glottal source and the supra-
glottal filter as independent components. Although more recent research has docu-
mented various interactions between the glottal source and the vocal tract resonances 
[18], Fant's original theory of speech production is still a good point of departure, par-
ticularly with respect to voice quality transmitted in signal portions where the airflow 

                                                            
7 Indeed, some researchers reserve the term “voice quality” uniquely for aspects of the sound 

produced by the larynx, i.e., the glottal waveform. We did not follow this tradition here, be-
cause for speech synthesis and speech recognition processing, all vocal tract effects on voice 
quality must be considered and modelled. 

8 Electroglottography is a non-invasive method of measuring vocal fold contact during the pro-
duction of voiced sounds. An electroglottograph (EGG) measures the variation in impedance 
to a small electrical current between a pair of electrodes placed on the two sides of the neck, 
as the area of vocal fold contact changes during voicing. 

9 An excellent survey of empirical methods of obtaining and measuring the glottal waveform is 
found on the following University of Stuttgart webpages: 

 http://www.ims.uni-stuttgart.de/phonetik/EGG/page1.htm 



is much more strongly impeded at the glottis than in the supraglottal vocal tract, a 
condition that characterizes most vowels. In this part of the chapter, we follow the ex-
cellent general introductions to this topic by Ní Chisaide and Gobl [20] and by Gobl 
[21]10. 

3.3.1. Manual vs. Automatic Inverse Filtering Methods 
Consider the top part of Figure 3 (adapted from [20]) showing the effects of vocal 

tract filtering on an idealized source spectrum. The source spectrum (representing 
typical mid-vowel glottal flow with a normal voice) simply reflects the harmonic 
components of the glottal wave with a constant slope of 12 dB fall-off for every dou-
bling of the frequency11. It can be seen in the speech output spectrum that the vocal 
tract cavities and their resonances (formants F1-F5) in effect impose a filter on the 
source spectrum12. Inverse filtering (see middle portion of Figure 3) consists of de-
signing a filter of antiresonances (opposite-valued resonances) in such a manner that 
the vocal-tract filtering effect is cancelled. The effect of a well-designed filter on the 
speech waveform is seen in the bottom portion of Figure 3. The oral airflow U(t) (es-
sentially, the speech waveform recorded by the microphone) is transformed by in-
verse filtering into glottal airflow Ug(t), which is generally shown in its differentiated 
form as the differentiated glottal airflow U′g(t). Various aspects of this differentiated 
glottal airflow have been related to voice quality (see below).  

                                                            
10 See also Emir Turajlic’s webpages on glottal pulse modelling at: 
 www.brunel.ac.uk/depts/ee/Research_Programme/COM/Home_Emir_Turajlic/index.htm 
11 The true source spectrum shows various dips and does not have a constant slope ([20], p. 

427). 
12 For a recent calculation of vocal tract resonances (formants) for 18 Swedish vowel states 

measured with X-ray, see [19]. 



Fig. 3. Source-filter decomposition in frequency and time domains. Top: A smoothly decaying 
theoretical voice spectrum is modified by an idealized vocal tract filter to produce the measur-
able speech output for a vowel. Middle: The speech output spectrum is inverse-filtered to ex-
tract the underlying voice spectrum. Bottom-top: The effect of converting from oral airflow to 
glottal airflow. Bottom-bottom: The effect of the conversion from speech pressure (the differen-
tiated oral airflow) to a differentiated glottal airflow, which is the habitual manner of represent-
ing the voice waveform in the time domain. The differentiated representation facilitates the 
standardized identification of voice quality markers. Figure from [20] reproduced with permis-
sion. 

 
It can readily be seen that the success of the inverse filtering procedure is directly re-
lated to the nature of the input waveform. When the waveform provides insufficient 
digitalizable amplitude, an inverse filter is impossible. Inverse filtering methods are 
thus preferentially applied to voiced portions of speech with sufficient amplitude to 
permit a reliable identification of formants. Further, substantial problems arise when 
inverse filtering is performed by automatic procedures. Formants can change rapidly 
as a result of changes in resonator cavity size, particularly in the neighborhood of 
consonants, which tend to “throw off” relatively simple formant tracking mecha-
nisms. Also, inverse filter modeling frequently suffers interference from source-filter 
interactions at weak glottal flows [23], or in places where a non-modal voice is used. 



Finally, there is the possibility of phase distortion with tape-recorded material. Ide-
ally, inverse filtering is thus performed manually and interactively, on selected vowel 
nuclei with normal or high intensity, best of all with material recorded directly to 
computer. In 1997, Ní Chisaide and Gobl concluded that the most accurate source 
signal is obtained by interactively (manually) fine-tuning the formant frequencies and 
bandwidths of the inverse filter [20]. 

Some more recent research suggests that at least for signal portions with sufficient 
amplitudes and speech falling within a reasonable range of predictability, particularly 
in male modal voices, automatic inverse filtering methods can show reliable perform-
ance, thus facilitating the acquisition of the considerable amount of data required in 
voice quality research. To understand the challenges involved in performing this type 
of operation for a wide variety of voices, we must examine the overall process of per-
forming voice source analysis. 

3.3.2. Voice Source Extraction: Automatic Formant Tracking 
As indicated above, the extraction of the voice source involves two main steps, in-
verse filtering and source modeling. At the inverse filtering level, the essential diffi-
culty consists in tracking the formant frequencies in the speech waveform, establish-
ing their bandwidth, and assuring that classical voice parameters can be identified in 
the reconstituted source waveform. At the source modeling level, the challenge is to 
design a numeric model that captures the waveform modifications (i.e., the “classical 
voice parameters”) that are associated with perceptible variations in voice quality. 

The tracking of formants has traditionally been handled by an LPC that specifies 
the frequencies (and indirectly, the bandwidths) of the antiresonators required to can-
cel the formants. The average spacing between the poles is determined by the vocal 
tract length: for a typical male with a vocal tract of 17.5 cm, there is on average one 
formant per kHz. It is crucial to obtain the right number of poles and bandwidths, par-
ticularly in the lower frequency domain (Formant 1), while minor errors in the higher 
formants have less effect on the source pulse shape or the source frequency spectrum 
([22], cited in [20]). LPC-type all-pole functions are adequate for many sounds such 
as vowels, yet for certain sounds such as nasals and laterals, the spectrum contains ze-
ros as well as poles. While these zeros should theoretically be cancelled by the inclu-
sion of corresponding poles in the inverse filter, they tend to be difficult to calculate 
and most researchers use all-pole models for all sounds. 

A number of methods have been exploited for improving the reliability of formant 
tracking, revolving primarily around the concepts of the exploitation of contextual 
phonetic information, pitch-synchronous analysis, filtering and optimized voice 
source matching techniques.  

McKenna [24] recalls that the quality of conventional fixed-frame pitch-
asynchronous LPC (typically using the autocorrelation method) depends on the as-
sumption that both formants and underlying articulatory movements are smooth and 
slow-evolving. However, the acoustic coupling of glottal and subglottal space during 
the open phase of the glottal period introduces momentary drops in formant frequen-
cies that are reflected in pitch-asynchronous analysis as a general lowering of formant 
frequencies and an increase of formant bandwidths. By contrast, pitch-synchronous 
analysis  improves the “sharpness” of formant tracking and thus contributes substan-
tially to the quality of the inverse filtering process. Another benefit of pitch-



synchronous analysis is that source data can be gathered specifically from the closed-
glottis portions of the signal, which minimizes the effects of acoustic coupling be-
tween subglottal and supraglottal space.  

It is noted however that this approach implies a considerable reduction of data 
points available for analysis in any specific voice period. This can render it inappro-
priate for female and children’s voices which tend to provide a reduced number of 
data points, a disadvantage that can be overcome through Kalman filtering [24]. This 
recursive technique uses estimates based on measures of previous pitch periods to im-
prove the modeling of relevant portions of the source waveform.  

 
Fig. 4. A glottal pulse approximated by the LF model. Features prominently associated with 
voice quality are either marked in the figure or can be identified from features in the waveform: 
EE excitation energy (-EE), RA “return time” (TA), RG “glottal frequency” ((1/2Tp)/f0, or the 
inverse of twice the opening phase Tp normalized to fundamental frequency), RK “glottal 
asymmetry” (tp/(te-tp), or the relationship between the opening and closing branches of the glot-
tal pulses) and OQ “open quotient” (te/tc, or the proportion of the glottal cycle during which the 
glottis is open). Figure reproduced with permission from [20]. 

3.3.3. Voice Source Extraction: Glottal Pulse Modeling 
Once the source waveform has been reconstructed through inverse filtering, it can be 
analyzed for voice quality features. The differentiated glottal waveform rather than 
the true glottal waveform is generally used for this purpose because of the greater 
ease of identifying relevant parts of the glottal cycle in the differentiated glottal pulse 
(see Figure 4). It also conveniently turns out that the radiation at the lips is approxi-



mately 6 dB per octave in the speech midrange frequencies, which corresponds to a 
filter that can be approximated by a first order differentiation of the output signal. The 
differentiation step thus serves at the same time to cancel lip radiation. The net effect 
of this differentiation and the canceling of lip radiation is a boosting of the higher fre-
quencies, which improves the modeling in this frequency range. As in the case of in-
verse filtering, the robustness of source modeling can be improved through optimiza-
tion procedures. Fu and Murphy [25] for example describe a multi-parameter 
nonlinear optimization procedure performed in two passes, where the first pass initial-
izes the glottal source and the vocal tract models, in order to provide robust initial pa-
rameters to the subsequent joint optimization procedure, which iteratively improves 
the accuracy of the model estimation. 

Various portions of the glottal waveform obtained in this manner have been shown 
to be of direct relevance to voice quality. To identify these features reliably through-
out one or several databases, the source waveform is generally matched by an ap-
proximate mathematical description of the waveform. Liljencrants and Fant [26] have 
provided the best-known such formulation, known as the LF-model13. Figure 4 shows 
a differentiated source cycle described by the LF model. The cycle is approximated 
by two different equations for its two branches that extend from t0 to te (the maximal 
excitation point) and from te to tc, where tc corresponds to point t0 in the next cycle. 

Features prominently associated with voice quality are either marked in figure 4 or 
can be identified from features in the waveform. They are as follows (terminology as 
in [21]: 

EE excitation energy [shown as -EE]. This is the main source parameter, showing 
the overall strength of source excitation. 

RA “return time” or “dynamic leakage” [shown as TA]. This parameter measures 
the sharpness of glottal closure, i.e., the time that the glottal folds take to accomplish 
closure. This in turn has a major effect on the slope of the glottal spectrum. Sharp clo-
sures are associated with increases of spectral amplitudes in the high frequencies 
([20], p. 440). 

RG “glottal frequency” [(1/2Tp)/f0, or the inverse of twice the opening phase Tp 
normalized to fundamental frequency]. This parameter estimates the degree of boost-
ing found with some voices in the areas of the first and the second harmonic. 

RK “glottal asymmetry” [(te-tp)/(tp-t0), or the relationship between the opening and 
closing branches of the glottal pulses]. In general, glottal pulses tend to be right-
skewed, and increased symmetry results in a boosting of lower frequencies and a 
deepening of spectral dips. 

OQ “open quotient” [te/tc, or the proportion of the glottal cycle during which the 
glottis is open]. Increased degrees of OQ result in a boosting of the lowest harmonics 
of the voice spectrum. 

AS “aspiration”. This acoustically important non-periodic parameter can unfortu-
nately not be derived from the LF model, and its algorithmic separation from periodic 
source information is a non-trivial challenge. However for synthesis purposes, appro-

                                                            
13 See [20] p. 437 for a comparison and [21], p. 7, for references of other mathematical ap-

proximations to the glottal cycle waveform. Alternative models share many common features 
with the LF model, but they can generally be described by three to five parameters, plus fun-
damental frequency. 



priately-filtered pseudo-random noise can be generated to compensate for the absence 
of empirically-derived estimates of aspiration noise at the glottis. 

Since some of these parameters have been found to co-vary frequently, some fur-
ther simplification of this parameter list may be possible, at least in the case of some 
voices (see discussion in [20] pp. 441). 

3.3.4. Source Parameters and Specific Voice Types 
Voice quality modifications associated with variations in the described parameters 
have been widely examined. In this presentation, we limit ourselves to a short review 
of commonly occurring voice types. For this, we summarize Ní Chisaide and Gobl’s 
observations in [20] of four key voice types defined in Laver’s descriptive scheme 
(see above): 

• Modal voice. In tune with the occurrence of normal, efficient and frequently 
complete closures at the glottis, glottal cycles take on the standard source 
waveform for modal voice. The spectral slope is particularly steep. Gradual 
or abrupt changes to other voice modes (e.g., breathy or creaky voice) are 
frequent. 

• Breathy voice. It will be recalled that in Laver’s scheme, glottal articulation 
for breathy voice was characterized as a general lack of tension. Vocal fold 
vibrations are inefficient and never show complete closure. Acoustically, this 
translates into audible aspiration and slow RA (time of “glottal return”) val-
ues. High RK values demonstrate relatively greater symmetry in the glottal 
pulse, and high open quotient values (OQ) reflect the looseness and gradual-
ness of the glottal gesture. 

• Whispery voice. Like breathy voice, this type of voice is characterized by 
low tension in the glottis, with the exception that there is moderate to high 
medial compression and moderate longitudinal tension. This tension pattern 
creates a triangular glottal opening whose size varies inversely with the de-
gree of medial compression. Acoustically, this inefficient mode of voice 
production translates into high aspiration levels and generally more extreme 
deviations from modal values than those seen with breathy voice. Whispery 
voice differs mainly from breathy voice by its lower RK values (greater 
pulse asymmetry due to a shorter closing branch) and a lower “open quo-
tient” OQ, i.e., a lower proportion of cycle time spent in an open state. 

• Creaky voice. According to Laver, creak results from high adductive tension 
and medial compression, but little longitudinal tension. It is generally associ-
ated with very low pitch. However, f0 and the amplitude of consecutive glot-
tal pulses are very irregular and frequently alternate with normal, non-creaky 
voice. Low OQ, low RK and a relatively high RG have been observed for 
creaky voice [20]. 



4. Conclusion 

In many respects, the study of voice quality represents the “ultimate frontier” for 
speech processing research, due to considerable complexity at both functional and 
signal processing levels. 

At the functional level, each speaker has his or her own characteristic individual 
voice quality. In addition, the psychological dimension of voice quality reaches from 
the distinction of personality types, via the communication of affect and emotion, to 
the communication of delicate nuances in conversational exchanges. Sociologically, 
certain types of voice quality serve as social markers (such as markers for position in 
a social hierarchy, or for homosexuality). Several aspects of voice quality have also 
been integrated into the linguistic coding system of certain languages14. These various 
functional strands interact and are partially superimposed. For a successful use of pa-
rameters related to voice quality, speech processing technologies must be rendered 
sensitive to and/or implement structuring related to these various predictor groupings. 

At the signal processing level, the multidimensional complexity of voice quality 
takes another form. In this review, it was seen that systematic variations relating to 
voice quality can be documented as spectral divergence in long-term spectra, in indi-
vidual prosodic parameters and in voice source parameters. Certain temporally struc-
tured parameters, such as jitter, creak, or individually distinctive manners of produc-
ing voice on- and offsets, are also of interest for voice quality control. It is evident 
that no single parameter corresponds to that elusive propensity that is “voice quality”. 
The challenge is to understand and to learn to manipulate the strength and interactions 
between the various layers of the multidimensional parameter space that emerges 
here. While this seems to be a formidable task, there is some reason to take heart: 
while the parameters reviewed in this article are unlikely to exhaust the inventory of 
relevant indicators of voice quality, they are likely to play a major role in any future 
attempt to understand the voice quality pattern of human speech. 

Finally, the arguments here suggest a manner of integrating voice quality into a 
larger speech processing system. We can illustrate this for voice quality control in 
speech synthesis. The traditional structure of a speech synthesis system consists of 
three processing levels: text processing, prosody processing, and signal generation 
(Figure 5). The close articulation between linguistic and individual prosodic parame-
ters suggest that voice quality control should probably be implemented in conjunction 
with prosody processing. In a model expanded to handle voice quality, processing 
components for linguistic prosody, individual prosody, spectral divergence, voice 
source parameters, plus certain temporally structured parameters would probably take 
the place of the single traditional prosody module. Initially, this prosody-plus-voice 
quality tier could be conceived as an additive model with weights assigned to each 

                                                            
14 See the following quote from [20]: “The contrastive use of voice quality for vowels or con-

sonants is fairly common in South East Asian, South African, and Native American Lan-
guages, and these have been the focus of a number of studies carried out at UCLA. Although 
both vowels and consonants may employ voice quality contrasts in a given language, Lade-
foged (1982) points out that it is very rare to find contrasts at more than one place in a sylla-
ble.” 



component. In time, a more complex, integrated model is conceivable, capable of 
handling interactions between prosodic and voice quality components. 
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Fig. 5. Integration of voice quality control in speech synthesis. A set of processing components 
for linguistic prosody, individual prosody, spectral divergence, voice source parameters and 
temporally structured measures take the place of the single traditional prosody module. Ini-
tially, this could be conceived as an additive model with weights assigned to each component. 
In time, a more complex, integrated model is conceivable, capable of handling interactions be-
tween components. 
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