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The present work is a preliminary study on Greek esophageal speech and is mainly
concerned with the investigation of major features such as pitch, formant frequencies, and
speech power envelopes. The implementation in esophageal speech of various well-known
techniques for normal voice analysis is overviewed. An improved method for resynthesizing
voiced sounds (such as vowels or nasal consenants) by convolution of an ARMA estimate
of the speaker’s vocal tract impulse response and a periodic glottal waveform is proposed
as 2 tool for voice quality enhancement. Fundamental frequency values were confirmed to
be close to previous works’ findings. Fi and ¥2 formant alterations due to laryngectomy
were not detected compared to normal speech values. However, speech power envelopes
tended to be flatter as the speaker's training stage was higher. The proposed method for
speech enhancement proved able encugh to preserve speaker characteristics and provide
cues for higher quality reproduction of vawels as well as nasals.

1. Introduction

Esophageal speech is produced by laryngectomized people who utter by expelling air
constricted in their esophagus. The expelled air forces the cricopharyngeal cartilage to
oscillate in a manner that imitates the vocal folds’ operation. Although proper training
may help esophageal speakers utter intelligibly enough, a severe degradation of voice
quality after laryngectomy usually occurs. The voice quality of esophageal speech may
be described as harsh, rough and low. The amount of aperiodicity is high and the voice
is often very noisy.

Esophageal speech features have been investigated in the past. A part of previous
works focused on pitch and intensity characteristics and their perceptual aspects [11, 12,
18, 19, 24].

Efforts for esophageal speech quality and intelligibility enhancement have also been
reported [1, 2, 9, 16, 17, 23].

The present work is a preliminary study on Greek esophageal speech and is mainly
concerned with the investigation of major features such as pitch (or fundamental fre-
quency F0), formant frequencies, and speech power envelopes. The implementation of
various normal voice analysis techniques in esophageal speech is overviewed [14]. An
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improved method for resynthesizing voiced sounds (such as vowels or nasal consonants)
is proposed as a tool for voice quality enhancement [14].

2. Subjects and recordings

Nine male alaryngeal speakers were used as' subjects for uttering various CV se-
quences and full sentences. CV sequences comprised of all Greek vowels and stop con-
sonants.

Speakers were selected among groups of various grades of speech production training
and had no treatment prior to voice recording.

Utterances were spoken at normal rate and level and were recorded on a DAT recorder
through an electret condenser microphone placed at a distance of approximately 20 cm
from the speaker’s mouth. A sampling rate of 11 kHz was adopted for further computer
processing.

3. Investigation of speech features

Fundamental or pitch frequency, speech power envelope during phonations and for-
mant frequencies are considered as some of the most important features for speech com-
prehension, training and clinical evaluation of voice. These features were investigated
and the methods employed together with analysis results are presented.

3.1. FO investigation

FO or fundamental frequency was investigated for all nine speakers during vowel
phonations in discrete CV contexts and isolated vowel segments through whole sentences.

Estimation of F0 was performed using well known methods for F) extraction on nor-
mal speech, such as the Autocorrelation Method (biased and unbiased), the Center-Clip-
ped Autocorrelation and 3-level Center-Clipped Autocorrelation methods, the Aver-
age Magnitude Difference Function method (AMDF), the Cepstrum and a so-called
“Hubert— Envelope” Method.

3.1.1. The autocorrelation method. The autocorrelation method [6] identifies F0 or
period of voiced speech by finding the lag at which the autocorrelation function of the
speech signal is maximized, that is:

Ty = + = max{#(m)} - Ty, (3.1)
oo m
where Netmim]
B(m) = % S smstn+ml),  m=0,..N-1 (3.2)
n=0 .

with s(n) = speech signal, N = number of samples, T; = sampling period.
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We may also use the unbiased autocorrelation estimator:

N=1-im]
4’(”‘)='N+|m| Y stmstn+lml),  fm|=0,..N-1  (3.3)

n={}

Estimation of the first maximum of the autocorrelation function using the biased and
unbiased estimators is shown in Figs. 1b, 1c, respectively.

3.1.2. The center-clipped and 8-level center-clipped autocorrelation methods. "Fur-
ther improvement in the estimation of maxima of the autocorrelation function may be
achieved using either center-clipping [21] or 3-level center-clipping on the speech signal:

s(n) - C* s(n) > Ct,
sn)y=< 0 C~ < s(n) < CH, (3.4)
8(n)—-C~ s(n)<C-,
#'(n) = center-clipped speech signal, or
1 s(n) > CH,
dn)=< 0 C <sn)<CTH, (3.5)
-1 s(n)<C—,

8'(n) = 3-level center-clipped speech signal and C+, C~ are threshold values.
Estimated maxima of the autocorrelation tunction after center-clipping of the speech
signal are shown in Fig. 1d.

3.1.3. The AMDF (Average Magnitude Difference Function) method. The AMDFE
method [7] tries to locate a strong minimum of the AMDF

AMDF(m) = Z |s(n) — s(n + m)|, (3.6)

8(n) = speech signal.
For a strictly periodic speech signal the AMDF would take on a value of zero at
m=To/Ts, To = 1/ fo.
For quasi-periodic signals a strong minimum usually occurs at the period lag.
Results of this method on an esophageal speech sample are shown in Fig. le.

3.1.4{. The cepstrum. This well known technique relies on the fact that time of max-
imum at the high-quefrency region of the cepstrum represents the period of the speech
signal [6, 13]. Results of this method employed on esophageal speech are shown in Fig. 1f.

8.1.5. The “Hilbert-Envelope” method. This method [3] performs maximum-likeli-
hood epoch determination as the basis for the estimation of glottal closure (epoch)
instants (GCI) in normal voices and implements a Hilbert transformation for the im-
provement of its performance and reliability. It is also posed that the method may cover
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most speech signals (even under noisy conditions). Since it is capable of estimating clo-
sure instants, it can sense period-to-period variations or nonstationary period variations
within longer frames.

The method is employed on esophageal speech under the assumption that even in
this kind of severely damaged vocal function there must exist a moment that a main
pulse excites the whole nasopharyngeal system. Thus, the method tries to locate the
maximally possible instants of main excitation.

The method initiates with the formation of a so-called Maximum-Likelihood Epoch
Determination signal (“MLED-signal”} which is proven to be a cross-correlation between
the speech signal and the impulse response of the nasopharyngeal system filter due to
an epoch, that is

N~-1
fk)y="Y" s(n+K)i(n), (3.7)
n=0
where s(n) = speech signal, and
G n =0,
P
dn)=4 - Z aif(n~i) 0<n<oo, (3.8)
i=1
0 otherwise

which is virtually the nasopharyngeal filter’s impulse response obtained by AR modeling
of the speech signal and a; are the model's coefficients. The use of a high order AR
modeling in esophageal speech is motivated by the fact that the glottal function is
generally unknown and the nasopharyngeal system’s function may include zeroes that
should normally be represented by ARMA modeling, A selection of p > 40 was made
in order to compromise between accuracy and computation time, although a value of at
least N5 where N = record length is suggested [10].

GCI's are identified as the time indices of maxima of the MLED signal. To reduce
ambiguity in selection of maxima the MLED is multiplied by a Hubert—Envelope of
itself,

F(k)-3(k),

where

i =\/[P0+ 0], wmi fa0=ETGR). @9

The Hilbert-Envelope proves able to emphasize the contrast between the main epoch
pulse and other possible sub-pulses that indicate sub-optimal excitation instants.

The resuits of this algorithm are shown in Fig. 1g, where values of the MLED signal
lower than a predetermined threshold were set to zero.

As it is observed, optimal instants of excitation are possible to locate in esophageal
speech too.

Since this method of F0 estimation relies on the interpretation of fundamental
frequency as the inverse of between-excitation period, it can provide information on
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Fig. 1. Esophageal vowel /e/ (a), and fundamental period estimates using: the biased
autocorrelation (b), the unhiased autocorrelation (¢), the center-clipped autocorrelation (d),
the AMDF (e), the Cepstrum (f) and the “Hilbert Envelope” (g} methods.

period-by-period FO, and thus it can be used for cycle-to-cycle estimation of glottal ac-
tivity fluctuation (such as jitter or shimmer) [22]. The existence of various degrees of
ambiguity in selection of GCI’s is currently being investigated as a tool for the clinical
evaluation of voice quality and/or training procedure’s progress.

3.1.6. Results and discussion on FO investigation. Though all the employed extrac-
tion methods are capable of estimating rough FO values, ambiguity is lower when esti-
mates are taken using the Center-Clipped Autocorrelation methods and/or the “Hilbert—
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Envelope” method, which seem to provide more consistent F0O estimates to manually ex-
tracted ones. However, since the Autocorrelation-based methods are short-term average
methods, they are not applicable to cycle-to-cycle variations investigation [22], whereas
the “Hilbert—Envelope” method seems more appropriate.

Mean intra-speaker FO (estimated using the Center-Clipped Autocorrelation method)
values and standard deviation together with mean F0 values and standard deviation
between all speakers are presented in Table 1.

Table 1. Intra-speaker F) mean and standard deviation values together with inter-speaker mean
and standard deviation values.

Speaker Mean FO (Hz) S.D. (Hz)

1 57.5 9.0
2 64.9 9.8
3 86.4 199
4 88.4 19.9
5 73.8 5.1
6 82.2 19.0
7 89.9 18.4
8 43.3 9.0
g 68.2 121

inter-speaker 72.7 4.7

Mean value

inter-speaker 14.9 4.4

8.D.

As.observed, mean FQ for all speakers is found at 72.7Hz, which verifies previous
works’ findings that esophageal speech is about 1 octave lower than normal speech [11,
18, 19, 24].

3.2. Speech power envelope investigation

The slope of speech power envelope during phonations exhibits major perceptual
and clinical interest [19], since it may provide information on voice dynamics and the
speaker’s training progress.

Speech power envelopes of /pa/ utterances from all speakers were obtained using a
pitch-period wide integration window, and mean slopes of phonations were computed.
Results are presented in Table 2.

Mean value between all speakers was found to be —86 dB/sec, with standard deviation
13.7dB/sec.

Additional information about the stage of training of each one of the speakers showed
a tendency of decrease in slopes (numerically higher slope values) with training past.
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Table 2. Phonation slopes for the utterance fpa/.

Speaker Mean phonation slope (dB/sec)
—81.3
-~78.9
~78.8
—74.3
-92.9

-116.1
—70

—-100
—81.3

Mean Value R

Standard Deviation ' 13.7

wlo|~|a]wo]|m|e]w]|m

3.3. Vowels’ F1, F2 investigation

First two formant frequencies (F1,¥2) were investigated using LPC, for all 5 Greek
vowels @, £, ¢, 0, ov. As it is well known, Greek vowels differ from other languages’ vowels
in that they are not rounded and thus are displaced in the F1/F2 space [8].

Table 3 gives mean F1, F2 values for all speakers together with mean values of normal
Greek speech.

Table 3. F1, F2 mean values for all Greek vowels for escphageal and normal speech [7].

Esophageal speech Normal speech
Greek Vowel | F1(Hz) | F2(Hz) | Fl(Hz) | F2(Hz)
a 732 1390 ~ 700 ~ 1300
£ 521 1750 ~ 475 ~ 1700
L 385 1823 ~ 300 ~ 2000
o 510 992 ~ 450 ~ 850
ov 420 1095 ~ 850 ~ 900

A general coincidence between normal and esophageal speech formant frequencies
values is observed, which proposes that formant extraction methods for speech recogni-
tion may be used in esophageal speech too.

4. A method for esophageal speech quality and intelligibility enhancement

As already stated, esophageal speech is severely degraded. Perceptual judgments of
esophageal voice characterize it as harsh, rough and low. Generally, esophageal speak-
ers are able to produce intonational contrasts but listeners do not readily perceive the
variation.
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Previous works on esophageal voice rebabilitation had. followed both surgical and
speech signal processing procedures. Among the most well known surgical methods is
one that uses a valve prosthesis that permits air to flow from trachea to esophagus [191.
In the signal processing domain, recent works report methods of spectral substitution
of esophageal speech [1, 2], resynthesizing speech using LPC spectral estimation [16, 17,
23], and elimination of undesirable phenomena (such as injection noise) during voice
production [9].

The method proposed in this work uses ARMA estimation on esophageal speech.
Since in esophageal speech the excitation signal is generally unknows, an all-pole model
alone may not accurately represent the speech production procedure. Moreover, a pure
all-pole model of relatively low order may not be sufficient for the analysis of voiced
consonantal sounds that include significant zeroes in their spectral envelope such as
nasals (/m/, /n/}). ARMA modeling allows for the extraction of major spectral envelope
profiles by extracting both formants (poles) and anti-formants (zeroes) frequencies and
bandwidths. Estimation of parameters of an ARMA model that describes esophageal
speech production is performed using a Least Squares Modified Yule-Walker Equations
(LSMYWE) approach [10]. Next, voiced speech resynthesizing is performed using con-
volution of the oronasal tract filter’s impulse response (obtained with the nse of ARMA
modeling and selection of appropriate pole/zeroes pairs) with a waveform that represents
normal voices’ vocal fold vibratory function {20}.

The proposed method's functional diagram is shown in Fig. 2.

Hamming Window ARMA(p,q)
LPF Frame length ~ 35ms model estimation
Sliding ~ 15ms

|

Selection of major Estimated Response
poles/zeroes pairs of oronasal tract filter

Voiced speech
segment

of oronasal tract filter

h'(m)

_ Resynthesized speech
g'(m) * ’(m)

g'(n)
A Synthesis of normal plottal

FO extraction > waveform
Fundamentat frequency ~2x FO

Fig. 2. Black diagram of the proposed method for voice quality enbancement.

As shown, a selection of voiced speech segments precedes the implementation of the
method.
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The ARMA modeled spectral envelope is of the form

q
Z b,'z“
S(z) = -E-q;-m , bo=1, (p,g)=ARMA model order. (4.1)
1+ Z a;z -
gl
A p < 16 and ¢ < 10 pair of values may be selected.

The selection of major poles and zeroes is made under the following assumptions:

a. Oronasal filter’s poles are complex conjugate pairs with relatively high frequency-
to-bandwidth ratios.

b. Significant zeroes also appear as complex conjugate pairs with relatively high
frequency-to-bandwidth ratios, whereas real valued zeroes may reflect radiation and/or
possible glottal waveform'’s spectral characteristics.

More specifically, the estimated filter's impulse response z-transform is:

ql

[Ia -z -z
V(z)=A- ‘:‘,‘ , (4.2)

T[] -1 - plz?)

im]l
where z;, p; are selected zeroes and poles from the estimated ARMA model of esophageal
speech according to the previous assumptions and |p;| < 1.

Figure 3 shows the results of the LSMYWE analysis on steady-state portions of both
the consonantal and vowelic regions of two original esophageal CV speech utterances
/na/ and /me/. A 11kHz sampling rate and a model order of p == 12 and ¢ = 5 were
selected. The analysis of the C part of the utterances seems to confirm previous works’
findings on acoustic analysis of nasals. As it can be seen from the power spectra and the
pole-zeros chart, a low frequency pole (nasal murmur) appears in the region of about
300Hz for both /m/ and /n/. Moreover, the presence of side branch resonators (as
the oral cavity in the case of nasals) introduces zeros in the spectrum of the uttered
phoneme [15, 5]. Although these zeros are not very prominent, they produce a smoother
energy distribution over different frequency ranges between /m/ and /n/ [15]. The zero
introduced in the case of /n/ lies in the mid-frequency region (over 1kHz), whereas a
broader zero appears in the case of /m/ causing a more even energy distribution over
the low-frequency region. In the case of the V utterances (/a/ and /e/), the formantic
structure for each phoneme appears clearly, with formant values close to typical ones.
The low-frequency nasal murmur is removed. Zeros in the estimated vocal tract response
seem to exist close to mid-high formants, whereas the rest of them lie either on the real
axis or they are of larger bandwidth; thus, they do not interfere significantly with the
all-pole configuration of the vocal tract during vowel production.

A synthetic waveform that represents normal voice's glottal vibration is used for
convolution with the previously estimated response. Triangular-like waveforms are pre-
ferred to pulse-like ones, since they seem to produce more intelligible synthetic speech
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Fig. 3. Vocal tract transfer functions and pole-zero plots for: /n/ in /naf (a), /a/ in /na/ (b),
/m/ in fme/f (c), fe/ in /me/ {d}, as obtained by a (12,5)-order ARMA model using LSMYWE.
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[4, 20]. Fundamental frequency is set at about double (1 octave higher) than the mean
FO0 estimated from the esophageal speech signal. The inclusion of jitter and/or shimmer
perturbations on the synthetic glottal signal may significantly improve the quality of
produced speech.

a)

b)

—
e
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« - = e
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Fig. 4. Esophageal speech utterance /na/ and corresponding spectogram (a) and the resynthesized

signal and its corresponding spectogram (b).
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The synthesized speech signal is computed in overlapping frames using triangular
weighting of the current and next frame’s analysis window. Figure 4 displays an original
esophageal /na/ utterance and the resynthesized one together with their corresponding
spectograms. As it can be observed, the formantic structure is preserved, and a higher
and regular FQ pattern appears after the resynthesis procedure.

Early results of subjective tests on the synthetic speech produced with the pro-
posed method show that great improvement in voice guality and spoken utterances’
intelligibility is achieved, including voiced consonantal sounds. Also, the resynthesized
speech preserves the cues needed for speaker identification. The LSMYWE method shows
sufficient ability in tracking both poles and zeroes of the vocal tract acoustic filter.
A technique which uses more generalized speech production models such as ARMAX
and Box—Jenkins models together with smoothing formant and antiformant trajectories
prior to convolution with the synthetic glottal signal is currently investigated.

5. Conclusions and further work

This work focused on the investigation and methods for extraction of major features
for Greek esophageal speech.

Fundamental frequencies were found at about 70 Hz confirming the results of previous
works arguing that esophageal speech sounds about 1 octave lower than normal speech.
The Center-clipped Autocorrelation and the “Hilbert-Envelope” methods were found to
be more efficient among various well-known methods of FO extraction.

Slopes of power envelope vs. time during phonations served as a measure of voice dy-
namics and training progress. Mean values were estimated at about —90dB/s exhibiting
a progressive increase from the less to the more trained speakers.

Formant profiles were studied for all Greek vowels and results showed a general
coincidence with values of normal speech and verified the general distinctive features of
Greek vowels to other languages’ ones. The facts enforce the use of formant extraction
method for esophageal speech recognition.

A new method for esophageal speech enhancement which is based on resynthesizing
voiced segments using ARMA modeling of vocal tract and a higher pitch glottal waveform
signal was also proposed and exhibited encouraging results.

Concurrent work includes study of major esophageal voice features such as jitter,
shimmer, $/N ratios, intonational characteristics, e.t.c. under various conditions of the
patient's surgical treatment procedure, period of training, e.t.c.

"The proposed method for voice quality enhancement is revised under the use of
extended ARMAX and Box-Jenkins models and variations of formant trajectories’ ex-
traction methods and glottal waveform signals. Accordingly, subjective quality tests are
going to take place for the assessment of resynthesized speech. Further, the method is
intended to be implemented on a DSP for real-time use.
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