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Laryngeal tone (pitch), understood as fundamental frequehthe voice(Fy), is one of
the most important features in the field of acoustic studighespeech signal. Time depen-
dence of the laryngeal tone contains very essential infdomaproviding a basis for speech
recognition and extraction of distinctive features in tlwéce signal. The parameters of the
laryngeal tone also contain some features that are usefhkimedical diagnosis and ther-
apy. Detailed knowledge of the laryngeal tone enables ad$io ualitative and quantitative
analysis of speech deformations, related to pathologitcahges in the larynx area. Due to
the progress in professional methods of registration andgssing of acoustic signals, sev-
eral algorithms for determination of laryngeal tone haverbgeveloped. Yet an accurate and
detailed determination of the laryngeal tone charactesigor a given speaker still presents
a problem in the field of speech signal analysis. In the ptgs@per selected methods b§
determination have been described and compared.
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1. Introduction

The process of human speech generation is a complex phenomemoprising
many topics in psychology, biology, medicine, as well as aerodynamitseoustics.
In a simplified description one can distinguish two basic layers of featua¢sita spe-
cific for a given speaking person: the physical layer — originating ftioenanatomical
structure of the vocal tract (the source and filters) and the psychaldgier, related to
the individual manner of controlling the phonation and articulation ordartee physi-
cal layer it is necessary to distinguish the two stages of speech genenatioecognize
the possibility of separate definition and measurement of the paraméssrgroe and
filter. The speech signal, treated as a time-dependence of acoussarneréBig. 1),
exhibits a complicated time-course, reflecting the complex nature of thesgof its
articulation. The signal parameters are affected by the source (vipraiaal cords, or
the noise of turbulent flow of the air-stream through the straits in spegengyas well
as the dynamical properties of the vocal tract, forming the final strectiithe signal.
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In the time domain the signal can be mathematically described using a cbomolu
of the original time dependence of the source sigiial and the impulse response of

the vocal trach(t):
t

p(t) = / Wt — 1) g(r) dr. 1)
0

Interpretation of the above-mentioned formula indicates that in the timerdiemt
acoustic speech signal the properties of the source and the propéttiesound form-
ing voice channel are closely related [8].

Therefore the fundamental problem in the extraction of the sourcemedess is
the unavailability of direct access to the acoustic sigria) generated by the source.
It should be mentioned that there are non-acoustic methods of estimétios wocal
folds vibrations, e.g. electroglottography — a method based on the ree@snt of the
electrical impedance of the glottis. A serious disadvantage of the methoel e ties-
sity to apply a relatively expensive, specialized measuring equipmehgrathe other
hand its possibly adverse effects, when the method is applied to childparsons af-
ter surgical treatment in the larynx area. Considerable progressfespional methods
of digital registration and processing of acoustic signal now enablesogmiyility of
extraction of the source-related features from the speech signal.dsusreed that the
acoustic parameters of the source contain the individual featuress¢lader, originat-
ing from his/her individual anatomical features of the phonation orgaltlae specific
manner of controlling the voice pitch modulation (the voice fundamentauiacyFy).
The studies of laryngeal tone, carried out by many researchersatdiom, that it is
possible to accomplish both qualitative and quantitative analysis of spefohn-
tions, related to larynx impairment. The voice organ pathology related guiagties
in larynx functioning is most frequently visible in changes of the fundaai¢ane Fj
parameters [6].

The laryngeal tone (excitation for voiced sounds), calledihtormant and bearing
Fy parameter as its frequency, is a signal of variable frequency restritimgndividual
features of the speaker, and a rich spectrum, in which the higher harsrare attenu-
ated with a slope close to 12 dB/octave. Figure 1 presents the time-deperafahe
acoustic speech signal and the plot of vocal fold vibrations duringysrciation of the
vowel “a”.
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Fig. 1. Acoustic speech signal, vibrations of vocal folds.
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Frequencies of the laryngeal tone for population of Poland, deperdirige indi-
vidual speaker’s voice type, can be located in the following rangesddTab

Table 1. The ranges of fundamental (laryngeal) tone.

bass 80-320 Hz
baritone 100-400 Hz
tenor 120-480 Hz
alto 160-640 Hz
mezzo-soprano 200-800 Hz
soprano 240-960 Hz

2. Methods of laryngeal tone determination

There are several algorithms dedicated for determination of the laayigee F.
Most of them is based on the signal analysis in the time or frequency dofmain
the present paper the attention has been focused on three methodl®bae zero
crossing analysis, the cepstral analysis and the determination of theriarta sub-
harmonic frequency ratio.

Zero Crossing Measure is realized in the time domain and is based on ohetéom
of the points, where the time-dependent values of the acoustic speealygig cross
the time (ordinance) axis, namely the pointsfor which p(¢;) = 0. In practice, or
effectively in the digital signal processing procedures, the ZCM isdasethe calcu-
lation of the signum function, for consecutive samples of the examined sigrial),
according to Eq. (2) [3].

_ Isen(p(n)) —sgn (p(n —1))|

p()(CL',TL) - 2 ) (2)
where H n)
+1 when p(n) > 0,
sen (n) = { +1 when p(n) < 0. @)

The main directions of the ZCM analysis are the evaluation of the crossintspten-

sity pp and the analysis of the distribution of time intervals between the consecutive
zero crossing points. The knowledge of statistical properties for thes#dtions of

time intervals allows the determination of average frequency of the lagyhgee and

its local values in consecutive periods. However it should be noticedhbaegistered
acoustic speech signalt) must be subject to the so-called pre-emphasis operation —in
order to separate the low frequency and high frequency components.

A method for Fy estimation, which is also based on the operations in time and
frequency domains, is the cepstral analysis method. It allows the &eald mutual
relations between the spectral component frequencies, containecexsatiméned signal.

A particular feature of the cepstrum is the possibility of separation ipthesignal the
components related to the functioning of the sound source from theéseftgdated to the
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transmission of the vocal tract. After denotingByw, m) the spectra of sound emission
in consecutivem-th time window, the cepstrum of the signal can be represented by

Eq. (4) [3]. )

Ce(n,m) = 2i /log |E(w, m)|e’" dw. 4)
7T
After denoting byf.(w, m) the power spectrum of the sound source andilfy, m)

the frequency characteristics of the vocal tract during emission oepective sound,
the emission spectra in consecutiveth time windows can be presented as in Eq. (5)

log |E(w, m)| = log [fz(w, m)| + log | fi(w, m)]. (%)

Figure 2 presents the result of cepstral analysis for the “a” vowelEgg 1). One can
notice clear separation between the effects of sound source functiamihthe effects

of vocal tract transmittance. Estimation of the laryngeal tépefrom the cepstrum
calculated for then-th time window consists of a search for the maximal value in the
respective plot in the 70-500 Hz frequency band for males and B80H2 frequency
band for females, according to the formula given by Eq. (6). Thgukacy bands are
respectively recalculated onto the discrete cepstrum-frequencyidloma

. P fs . Js N
A(ien): {z € <LF’ or A ce(i,m) = max(ce(n,m))| , (6)
wheref; — sampling frequency used for the speech signal [lHZ}, — 70 Hz for males,
160 Hz for femalesL.F' — 500 Hz for males, 960 Hz for femalesn, m) — cepstrum
function for the speech signal emission for theth window.
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Fig. 2. Cepstrum pitch detection.

It happens sometimes that the algorithms for automatic determination afrida-f
mental tone makes a mistake, e.g. by doubling the pitch or dividing it by Gak of
the reasons for such a mistake is the observed alternation of the ampiraiee @and/or
periods in the speech signal. For a regular speech the alternating cyabdlywccur in
connection with a creaky voice or hoarseness and a low valég, @nd then the sound
is often characterized as a “harsh” voice. For a pathologically defdspeech signal,
the extra cycles occur rather frequently. All these phenomena haived gklation to
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short-term instability of the vocal chords vibrations. Figure 3 presentexbhelples
discussed above.
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Fig. 3. A schematic representation of glottal pulses withrahting pulse cycle: a) amplitude alternation,
b) period alternation.

A method proposed in [9], based on the algorithm for determining the reatio
between the harmonic and sub-harmonic frequencies, turned ouvémbkelpful. The
low-frequency component is often called a sub-harmonic, which ean bome sense

4
amplitude change is given by Eq. (7), while the respective frequemayge is given by

Eq. (8):

. . 1 1 1 .
integral with the fundamental frequenéy (e.g.gFg, -y, ..., —F0>. The relative
n

Ai — Ai+1
My = =2—241 7
AM AZ + Ai+1 ( )
Ty — Ty
M i 8
o Ti +Tita ®

Previous research has shown that the determination of the fundanoe®ayj, is closely
related to the ratio between the sub-harmonic frequencies and the heiones (SHR
— Subharmonic-to-Harmonic Ratio). When the SHR value is high enolmgivée0.4),
the sub-harmonic frequencies become visible in the speech signafuspeand the
reception offy leads to values by one octave lower than the original frequency of the
vocal folds vibration. This regularity often leads to a statement that the &tiRation
is a good determinant of the laryngeal tone.

The SHR algorithm is based on analysis in the frequency domain with logacithm
scale. For the linear scale the sum of harmonic amplitudes can be prbasrite. (9),
while the sum of sub-harmonic amplitudes as Eq. (10).

N
SH = ) A(nfo), )
n=1

SSzzéiA((n—%)ﬁO. (10)



224 W, WSZOLEK, M. KEACZYNSKI

For the logarithmic scale Egs. (9) and (10) take the forms of Egs. (LX), respec-
tively.

N
SHroa = »  A(logn +log fo), (11)
n=1
N 1
SStoc = ;A <log <n - 5) + log fo> . (12)

For the logarithmic scale the abscissa values, for whictfthelated values are marked,

are shifted, in contrast to the linear scale spectrum, by constant distdikedog(2),
log(4), ... log(2N). For the whole spectrum, these shifted values are added together
and form a sum denoted as Eq. (13):

N
SUMA(10g f)even = » _ A(log f + log(2n)). (13)

n=1

According to Eqg. (13) the previous Eqg. (11) now takes the form of E4):(

SH = SUMA((log(0.5/0))even (14)
and SH +SS = SUMA(log(0.25f9))even- (15)
By doing the same for the sub-harmonic components Eq. (16) is obtained

SS = SUMA(log(0.5f0))odd » (16)
and A = SUMA((og(0.25f9))odd - a7)

The difference betweelUMA .y, andSUMA 44 Can be presented as:
DA(log f) = SUMA(log f)even — SUMA(log f)odd (18)

and after using the Egs. (14)—(18) one can determine:

DA(log(0.5fy)) = SH —SS, (19)
DA(log(0.25fy)) = SH 4SS — A. (20)

For a “regular” speech, whefS = 0, the maximum value oDA(x) is found for
log(0.5 fy). However for an unstable signal, when sub-harmonics are obse¢heathax-
imum valueDA (%) is found forlog(0.25fp) or for A ~ 0, and the next in sequence
maximum values is found fdog(0.5fy). Finding the location of the maximum value
DA(x) is related to the determination of the fundamental tdéheThe Subharmonic-
to-Harmonic ratio (SHR) can be expressed as follows:

DA(log(0.25fy) — DA(log(0.5f0)) ~ SS —0.5A
DA (log(0.25fy) + DA(log(0.5f))  SH — 0.5A "

The above relation is true whe&i$ < SH.

SHR ~ 0.5 (21)
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When employing the presented algorithm in the first stage one determingkithe
value and then the fundamental tone frequeRgy by finding the location of the global
maximum denoted asg( f1). In the second stage, starting from the previous point the
location of the local maximum, denoted kg (f2) is determined, knowing that the
location must be contained [tog(1.75f1), log(2.25f1)] interval. Finally Eq. (21) may
be presented as:

~_DA(log f1) — DA(log f>)
SHR = 0558 og /1) + DA(log f2)

If the SHR value is less than 0.2, tligfrequency is used as the laryngeal tone frequency
value Fy, in the opposite case thg frequency is used instead.

(22)

3. Summary and conclusions

The algorithms for determination of the laryngeal tdng described in the present
paper, have been implemented in the MatLab environment (MathWockk Trhe re-
search material used for the present study has been obtained frmupaad 45 persons
(men and women), exhibiting a correct, but not specially “trained” pnoiation. Each
person uttered in the anechoic chamber environment the same phosgtetieh has
been also used in the previous studies [2, 6, 10]. The recordingsdstothe computer
in the form of time samples, have been used as input data for furtheegsing. From
the collected research material the laryngeal (fundamental) tone Jzwesbeen de-
termined for every word and sound uttered by the research grougbarsjrusing the
algorithms described in the present work. In the final effect compaihsis been made
between the acoustic methods &f determination and the observed values of vocal
chords vibration frequencies (measure by EGG method). The Eléutticgyrap (EGG)
is an instrument for investigating the vibratory characteristics of the votds., which
is a precisely and a non-invasive device provides a waveform meueason of vocal
fold dynamics and relative contact patterns during phonation applied dicme. The
EGG transducers, positioned on the surface of the user’s neck avéhelie¢he thyroid
cartilage, detect changes in impedance across vocal folds duringbitzovy cycle.
The output of the Electroglottograph is an EGG waveform (also called thedve-
form) which shows duration, coordination, and relative contact patteithin a glottal
cycle [5] which isFy cycle. For each case the comparison has been carried out for the
same sample recording. Table 2 presents a summary of comparssiis fer the maxi-
mum errors of average fundamental tone evaluakipfor all 45 persons group. The re-

Table 2. Comparison for acoustic®, pitch determination to EGG determination methods.

Methods error [%]

Pitch determination by Zero Crossing Analysis 5.5

Cepstrum pitch determination 4

Pitch determination algorithm based on SHR 2.5
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search concludes that a general error of the fundamental freguketermination does
not exceed 6% in relation to thig, determined by EGG method. The Subharmonic-to-
Harmonic Ratio (SHR) method, proposed in [9], definitely provides tls &eailable
estimation accuracy.
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