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Abstract

The paper deals with an algorithm that could be used to identify prolongations
in audio recordings of disfluent speech. The measurement utilizes the detector of
abrupt spectral changes and the voice activity detector. The experiment is based
on the analysis of read audio recordings of stutterers. The highest correlation
coefficient with control data is 0.72. This algorithm could become a base of
a parameter in an automatic and objective assessment system.

1 Introduction

Stuttering is one of a speech fluency disorders and appears in many forms and causes. Symptoms
mainly occur in speech, these are sounds, syllables, words and phrases repetition, prolongation,
pauses, revision, incomplete phrases and broken words [1, 2, 3]. Correct assessment of disorder
severity and follow-up treatment are very difficult tasks.

Determination of the disorder severity is based on a subjective speech assessment, one
currently performed by clinicians. Hence a method, that would be able objectively and auto-
matically to determine the degree of the speech fluency disorder, would be useful. Application
of such a method would be: 1) The determination of disorder severity; 2) The evaluation of
treatment results; 3) The comparison of treatment approaches.

The symptoms of a stuttered speech may be found in audio recordings to determine the
degree of speech disorder. Several researches have been carried out to find method for detection of
prolongations. The article [4] concentrates on finding repetitions and prolongations in the speech
signal. The detection of formant frequencies was applied for finding of prolongations. More
complex method involving the HMM (Hidden Markov Model) is used to recognize blockades with
repetition and prolongations on fricative phonemes in [5, 6] or to find repetition and prolongation
in [7].

The parameters do not have to look for the symptoms of the speech disorder but they
could process the signal as a whole. The group of parameters in the time and frequency domain
has been described in thesis [8]. They are: the average length of silence, the ratio of the total
length of silence and the parameters exploring speech signal energy and the standard deviation
of distance maxima BACD (Bayesian change-point detector).

A brief view is provided of one algorithm looking for prolongation in speech signals and
its results are discussed in this paper.

2 Database and evaluation

The speech signal database was created in the past few years at the Department of Phoniatrics of
the 1st Faculty of Medicine at Charles University and the General Faculty Hospital in Prague.
The database contains recordings of approximately 160 Czech native speakers with different
age and different degree of speech fluency disorder. The read part of database consists of 121
recordings is used in the described experiment.



The read text includes about 70 words. Each utterance takes approximately 60 s. The
sampling frequency was 44 kHz when recording. The signals were down-sampled to 16 kHz for
following analysis.

To verify the suitability of the measurement the control data are necessarily. The con-
trol data were produced by means of the LBDL (the Lidcombe Behavioral Data Language of
stuttering), see [9] for more details. The LBDL considers seven descriptors of stuttering symp-
toms: syllable repetition (SR), incomplete syllable repetition (ISR), multisyllable unit repetition
(MSUR), fixed posture with audible airflow (FPWAA), fixed posture without audible airflow
(FPWOAA), superfluous verbal behaviors (SVB), superfluous nonverbal behavior (SNB). All
descriptors are detectable in speech signal except the descriptor SNB. The descriptor SNB is
not used in the experiment. The overall, repeated (SR + ISR + MSUR) and fized (FPWAA
+ FPWOAA) descriptors are also considered in this paper. All read recordings were evaluated
by one evaluator.

3 Methods

The algorithm for the disfluent speech evaluation could be imagine as a black box. At the
beginning there is a speech signal, which is processed by an algorithm (black box) and at the
end there is a number indicating the level of speech fluency disorder.

The algorithm for finding prolongations uses two instruments for processing. The first is
the voice activity detector (VAD) and the second is the detector of abrupt spectral changes.

The VAD is based on the Mel-spectrum filter bank. A brief view on its procedure: 1) Es-
timation of power spectra (computed by the Welch’s method). 2) Application of the triangular
Mel-frequency filters. 3) Decision about speech activity in each frequency band by means of
adaptive thresholds. 4) Final decision about the speech activity (speech/silence).

Detection using Bayesian approach (BACD) is used to detect spectral changes in audio
signals. The spectral changes should correspond to phoneme boundaries. A detail description
and applications of the BACD can be seen in [10] or [11]. An example of speech signal and BACD
output is shown in the Figure 1. All positions of spectral changes are indicated by the red x-
mark as local maxima. Many local maxima do not correspond to significant changes at phoneme
boundaries. These maxima are excluded from further analysis by applying a threshold. The
analysis carried out on detector outputs from different participants showed that the threshold
should not be the same for all signals in the database. In thesis [8] an original method was
presented for the threshold extraction. The threshold is determined as a fragment of one selected
maximum. In this case the fourth highest maximum and the multiple 0.25 was used. The
significant spectral changes (maxima) are marked by black circles in Figure 1.

The algorithm of finding prolongations is then very simply. We combine the output of
the VAD and the BACD to find significant spectral changes that are included in speech seg-
ments. The distances between all peaks are calculated, those that are longer than a threshold
are considered to be prolongations. The number of long distances is then divided by the num-
ber of all intervals between spectral changes. We gain the relative number of long distances
(prolongations).

The examined values of the threshold (the shortest distance which can be considered as
a prolongation) were: 100, 200, 300, 400, 500, 600, 700, 800, 1000, 1200, 1500 and 2000 ms. Some
of threshold values as shorter (100, 200, 300 ms) and longer (1500, 2000 ms) are supposed not
to achieve good results. The reasons are as follows: 1) duration of phonemes is comparable to
the threshold (short distances 100, 200, 300 ms) and there will be a large number of candidates;
2) prolongations of 1500 ms and longer are not frequent.

Duration of typical prolongation is not determined precisely. Each listener perceives the
stuttered-like phonemes in different way [12] but the boundary is approximately at 300 and
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Figure 1: The prolongation in the speech signal ”1 listi” (in Czech), highlighted by the arrow.
a) Speech signal. b) Spectrogram. c¢) Output of the BACD (blue) and the VAD (green),
candidates of abrupt changes marked by red x-marks, selected spectral changes marked by black
circles.

Table 1: THE CORRELATION COEFFICIENT (7) AND THE LEVEL OF SIGNIFICANCE (p) FOR THE
ALGORITHM DEPENDING ON THE PROLONGATION THRESHOLD [MS] IN COMPARISON WITH THE
CONTROL DATA.

threshold 100 200 300 400 500 600 700 800 1000 1200 1500 2000

T 035 039 041 044 0.51 055 060 0.65 0.72 0.65 0.60 0.65
p < 0.001

500 ms [13, 12, 14]. There exists the possibility of false detections because there is no additional
procedure in algorithm to prove that a candidate is speech or not.

The additional procedure is applied to emphasize the difference between fluent and dis-
fluent speech. The procedure (used for VAD outputs) is based on the removal of short speech
segments. The removal is successive, at first segments shorter than 125 ms are removed then
segments shorter than 150 ms, the final threshold is 1700 ms. It is considered that the procedure
removes short parts of speech as repetitions or broken words which are present in the stuttered
speech and they will not influence further processing. The threshold 1700 ms was utilized in
this experiment.

4 Results

All recordings were processed by the algorithm described above. Each signal obtained the
number which should correspond to the number of prolongation. This number is compared to
the control data based on the LBDL. The correlation coefficient r and the level of significance
p are used to show how the algorithm is able to indicate the speech disfluency. The comparison
of the algorithm of different threshold settings and control data is given in the Table 1.

The results show that the correlations rise depends on the threshold to the value of 1000 ms
then they fall. The highest correlation coefficient of 0.72 was obtained for threshold 1000 ms. The
thresholds of 100 and 200 ms earned the lowest correlation correlation 0.35 and 0.39, respectively.

There is also an interesting issue how the algorithm behaves in comparison with the



Table 2: THE CORRELATION COEFFICIENT (1) AND THE LEVEL OF SIGNIFICANCE (p) FOR THE
ALGORITHM IN COMPARISON TO THE CONTROL DATA.

descriptor r D
SR 0.336 < 0.001
ISR 0.09 0.27

MSUR 0.40 < 0.001
FPWAA 0.72 < 0.001
FPWOAA 0.26 0.003

SVB 0.23 0.008
repeated 0.21 0.018

fized 0.49 < 0.001

overall 0.36 < 0.001

control data. These results are shown in the Table 2. The comparison is made for the setting
with the best results according to the threshold it is the threshold 1000 ms. One can see a good
correlation coefficient especially for the descriptor FPWAA (prolongation). Other particular
descriptors obtained lower correlation < 0.40. Very important conclusion is that all repeated
descriptors (SR, ISR and MSUR) have a little agreement with the algorithm. A small correlation
is not necessary a negative result.

5 Conclusion

The paper deals with the measurement which can be used to assess the speech fluency disorder.
The algorithm aims to finding prolongations in a speech signal. The algorithm utilizes the voice
activity detector and the Bayesian change-point detector. The analyses were compared to the
control data created by means of the Lidcombe bahavioral data language of stuttering. The
results of comparison with control data suggest that the algorithm can be useful for evaluation
of disfluent speech. The highest correlation coefficient is 0.72. The important conclusion is also
that the algorithm does not have strong agreement with repeated symptoms.

Future work can be focused on the improvement of the algorithm ans its application for
evaluation of spontaneous speech recordings or using different types of detectors.
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