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ABSTRACT

This paper presents a technique for detecting and
smoothing involuntary clicks generated by the human vo-
cal tract, which degrade the quality of text-to-speech sys-
tems. This approach is useful for high quality corpus-
based concatenative speech synthesis. The proposed click
detection technique is based on bandpass filtering the low
energy subbands of a speech signal, autoregressive mod-
eling, prediction error, and a thresholding approach. By
using a windowing technique in the smoothing phase one
reduces considerably the undesired click effects. Prelim-
inary experimental results verify the applicability of the
proposed approach.

1. INTRODUCTION

In high quality concatenative speech synthesis systems,
synthetic speech is obtained considering a large speech
corpus (in the order of tens of hours). Such a corpus
is previously recorded and each unit is identified (anno-
tated) with its initial and final instant [1], [2]. At synthesis
time, a search process is carried out to select the best seg-
ments through an ad hoc optimization criterion, aiming at
a high quality synthetic speech. Such a speech is obtained
through concatenation of the selected segments.
Nowadays, the corpus-recording phase is no longer an
issue in attaining the desired speech quality. This fact is
due that the recording is usually carried out in professional
studios, monitored by qualified technicians, ensuring a
low noise level as well as minimum distortion [3]. On
the other hand, human speech — even the one produced by
professional speakers — presents accidental degradations
generated naturally by the human vocal tract which are
more discerning in concatenative speech synthesis appli-
cations. Such degradations caused by pitch and energy
changes (jitter and shimmer) as well as clicks are the main
causes for harming the perceptual quality of the synthetic
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speech. The harms caused by clicks are due to their in-
teraction with possible discontinuities inserted in the con-
catenation process and/or their association in adjacent seg-
ments.

Before proceeding, it is important to consider that
clicks do not mean degradation elements for every ex-
isting language. In some African languages, such as
X006, !'Xii, Nama, Zulu and Xhosa, and in an Australian
language named Damin [4], clicks represent consonantal
phonemes and carry useful language information [5]-[8].

In our case, clicks under investigation do not repre-
sent phonemes themselves. They are characterized as
discontinuity-like effects existing in some speech seg-
ments. Such clicks noticed as small cracks (almost imper-
ceptible in ordinary speech) are produced in an involun-
tary way, which leads one to name these natural degrada-
tions as involuntary clicks. To reduce their audibility one
should process them by using one of the following tech-
niques: suppression and interpolation [9], concealment, or
attenuation.

In this paper we propose involuntary click detection
and smoothing. To our knowledge this procedure has
never been described in the open literature. Such an ap-
proach is applied to speech databases as an offline prepro-
cessing stage, not increasing the computational complex-
ity of the synthesis process per se.

Existing approaches to detect impulsive noise (clicks)
in old disc recordings (caused by dust, scratches, granu-
larity, among others) have motivated us to use similar ap-
proaches also for detecting natural clicks. Click detection
in old audio recordings is based on techniques as highpass
filtering, wavelet analysis, Bayesian approach, and artifi-
cial neural networks [9], [10]. In our approach, we opt for
using click detection based on prediction error assessment
(obtained through linear predictive analysis) over some
selected frequency bands of the speech signal, technique
similar to the one used in [9] for old recording click dis-
crimination. Allowing for the particular click type (much
smaller amplitude than the one of old audio recordings),
the proposed technique also uses other procedures such as
subband energy analysis and bandpass filtering.



The current research work also proposes a click
smoothing approach, which consists of masking part of
the segment containing a click by using a weighting win-
dow specially made for this purpose.

2. INVOLUNTARY CLICK MODELING

As previously mentioned, involuntary clicks manifest
themselves as small cracks, almost imperceptible in the
recordings of speech databases used for concatenative
synthesis.

The production mechanism of involuntary clicks has
not yet been exploited in the literature. On the other hand,
we can try to explain such a mechanism by observing the
production of consonantal and emergent clicks [7], [8],
[11]. The former is created when an ingressive airflow
crosses a partial or total constriction produced between the
tongue and an articulation place. In turn, emergent clicks
are due to the volume expansion of an air cavity, which
is formed between two articulatory constrictions associ-
ated with the speech coarticulation process. Then, by re-
laxing one articulatory constriction a click sound may be
produced. In this way, we suppose that involuntary clicks
may also be generated by similar mechanisms.

Fig. 1 illustrates a speech segment containing an invol-
untary click. Such a segment, selected among recordings
that compose a speech corpus, has a click located between
samples #130 and #145. This click can be visualized as
a spurious signal (noise) added to an ideal speech signal
(without clicks). Such pattern is always found when in-
voluntary clicks are present in recordings.
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Fig. 1. Voiced speech segment containing a natural click.

Then, let us model an involuntary click as an intermit-
tent additive noise incorporated into an ideal speech sig-
nal. Thus, a signal y(n) containing involuntary clicks is
expressed as

y(n) = z(n) +i(n)r(n), (D
where x(n) denotes the ideal speech signal, i(n) charac-
terizes a switching function assuming {0, 1}, which in-
dicates absence or presence of a click, and r(n) repre-
sents the click signal itself. The model proposed here is
inspired in the representation of impulsive noise present
in old audio recordings [9]. The objective of creating such
a model consists of generating artificial clicks similar to
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natural ones (involuntary). These artificial clicks in turn
facilitate the assessment of detection tools since we have
a priori knowledge about the considered clicks as well as
their locations.

3. CLICK DETECTION

Click detection consists of determining regions within the
speech signal where involuntary clicks occur. The used
approach considers that a click is evidenced in a certain
subband when its energy is much larger than the one of
the speech signal in the corresponding subband. Fig. 2 il-
lustrates such a phenomenon. This figure shows the spec-
trogram of a segment with 3200 samples (sampling rate
of 16 kHz) from the phone [d] containing an involuntary
click (indicated by an arrow in the figure) between sam-
ples #2608 and #2623. Note that we can easily identify
this click in the frequency subband which extends from
2 kHz to 5 kHz. In this case its identification becomes
easier, since within the referred subband the click energy
surpasses the speech signal energy in the click neighbor-
hood. Then, taking into account the ideal signal, the re-
gion under analysis has a lower energy than the one of the
click.
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Fig. 2. Spectrogram of a speech signal with a natural
click.

Fig. 3 shows the block diagram of the proposed detec-
tion technique. Note that the first stage consists of seg-
menting the speech signal by using a Hanning window,
and classifying them as voiced/unvoiced. In the follow-
ing phase, each speech segment is transformed into the
frequency domain using the discrete Fourier transform
(DFT). Here the DFT is obtained through a fast Fourier
transform algorithm (FFT). The speech segment in the fre-
quency domain is divided into M bands B1, Bs, ..., Bys.
Then, each of these M bands is now subdivided into N
subbands SB;; fori =1,...,Mandj =1,...,N. The
next stage selects for each band the subband of lowest en-
ergy, providing that such energy value does not exceed
a prescribed threshold. Such a selection is carried out
imposing zero-values on the FFT coefficients of the un-
selected subbands. In addition, if the selected subband
energy exceeds the fixed threshold value, a high-energy
region is reached. In this case, a possible click would
be masked and the detection process for the considered
band is interrupted. In the following, for each selected
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Fig. 3. Proposed scheme for detecting clicks within speech segments.

subband, an inverse discrete Fourier transform (IDFT) is
carried out by means of an inverse FFT algorithm (IFFT),
resulting in at most M signals. For each signal a linear
predictive analysis (LPA) is achieved. Predictive analysis
includes an autoregressive estimation (AR); computation
of the normalized prediction error e;(n), obtained com-
paring the real signal g;(n) with its estimate g;(n), for
t =1,..., M. If at least one of the prediction error ab-
solute values exceeds a stipulated threshold, we conclude
that a click within the analyzed segment exists. Such a
task is performed by the click detector block shown in
Fig. 3. To increase performance the same process is also
carried out for the reversed signal.

An essential point in the detection process is the com-
putation of the appropriated threshold values for the click
detector. Then, the following procedure is applied to a
segment under analysis: i) In each segment 1% of the
largest prediction error samples is discarded. ii) The
largest sample after (i) is retained. This value is multi-
plied by 1.5 to define the required threshold.

Fig. 4 illustrates the obtained detection threshold con-
sidering the previous procedure as well as the absolute
value of the normalized prediction error for a speech sig-
nal containing a click.
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Fig. 4. Absolute value of the normalized prediction error
and detection threshold.
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Here, it is important to mention the existence of other
procedures to obtain such a threshold value. For exam-
ple in old recordings, impulsive disturbances are detected
considering both an estimate of the excitation signal stan-
dard deviation [9] and the prediction error absolute value
median [12]. However, such procedures have shown to be
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less effective than the previous approach to determine the
threshold value in the present application.

We must also remark that the proposed technique is
restricted to deal with involuntary clicks existing in both
voiced and low energy unvoiced segments. Such a re-
striction does not make our approach less effective, since
the perception of clicks present in high-energy unvoiced
segments is attenuated by the masking effect occurring in
such signals.

4. CLICK EFFECT SMOOTHING

Click smoothing is a processing stage aiming at reducing
involuntary click audibility. In this paper we consider for
such a task the use of a weighting window (applied over
the region where a click is detected) described as follows:

h(n) =1 — ajwn(n) + aswy(n), 0<n<4P, (2

where wy(n) is a Hanning window with 4P + 1 coef-
ficients, wj (n), a signal with P initial and final zero-
samples, having 2P + 1 central samples corresponding
to another Hanning window, 0 < oy <land0 < s <1
are parameters that control the weight of each h(n) win-
dow. For our case, it is still considered that a; > .

5. EXPERIMENTAL RESULTS

To evaluate the presented detection procedure we propose
as a figure of merit the correct detection index (CDI) de-
fined as

CDI = "' x 100,
Ty

3

where n. denotes the number of correctly detected clicks
and ny, the total number of clicks.

A set of artificially generated clicks (105), with statis-
tical distribution (amplitude, duration, and damping fac-
tor) similar to the one of natural clicks, is added to a
speech signal with no click. Such a signal, sampled at
16 kHz, is one minute long. This signal is segmented us-
ing a Hanning window. Each frame is 100 ms long and
with 50 ms overlap. A FFT of 4096 points is applied to
each segment. A division into M bands and N subbands
is then obtained. The choice of M, IV, and energy thresh-
old values is made using an exhaustive search procedure,
aiming at achieving a maximum CDI value.



The performance of the proposed approach is inde-
pendently assessed at voiced and unvoiced segments. For
voiced signals, the values of M, N, and energy threshold
which provide a maximum CDI are, respectively, equal
to 4, 3, and 0.45. In this case, the CDI value obtained
is 91.80%. For low energy unvoiced signals, M, N, and
energy threshold which lead to a maximum CDI are, re-
spectively, 4, 3, and 0.25. In this case, the CDI value is
equal to 81.82%.

Another one minute long signal, sampled at 16 kHz,
and containing natural clicks (which occur at a typical rate
of 44 per minute for the considered speaker) has been used
to assess the proposed detection technique allowing for
the same values of M, N, and energy threshold as pre-
viously obtained. For such a signal, the total CDI value
(voiced/unvoiced) is now 78.57%.

We must emphasize that the number of false detec-
tions is not considered as a parameter to assess the per-
formance of the approach in question. This is due to the
fact that the smoothing procedure applied to clicks incor-
rectly detected (false positives) does not harm the speech
quality (considering the typical frequency of click occur-
rence), since the attenuation is soft and it is only applied
to a reduced number of samples of the phoneme.

After the detection phase, a click smoothing stage is
applied over the set of detected clicks. To evaluate the
smoothing procedure we propose the use of a perceptual
measure defined as

SI =

T

x 100, (€]

Ne
where SI denotes the smoothing index, n; is the number of
detected clicks which are transformed into inaudible, and
N, the total number of detected clicks.

For voiced segments the smoothing procedure is car-
ried out using v = 1, ag = 0.1, and P = 60. For low
energy unvoiced speech we consider a; = 1, g = 0, and
P = 180. After smoothing, the speech signal (with nat-
ural clicks) is assessed by two qualified listeners using a
high quality headphone. Each listener has pointed out the
instants where a click sound could be listened. After this,
such instants are compared with the instants of click de-
tection. The joint SI obtained in the evaluation is 93.75%,
indicating a satisfactory performance.

6. CONCLUSIONS AND REMARKS

An approach for involuntary click detection and smooth-
ing in speech signals has been presented. Experimental
results have shown the applicability of the proposed ap-
proach for detecting and smoothing clicks existing in both
voiced and low energy unvoiced speech segments. The
smoothing procedure used for click attenuation is useful
in large corpora for concatenative speech synthesis sys-
tems. Additional studies are being carried out to improve
smoothing phase parameters and assess the performance
of other approaches for reducing involuntary clicks. As
an alternative, interpolation techniques and pruning of
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database phonemes containing involuntary clicks are be-
ing tested. For such, we intend to accomplish a formal
perceptual evaluation (mean opinion score — MOS) and
compare synthetic speech quality for different approaches
before and after reducing clicks.
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