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Sample selection approach using moving window for acoustic analysis of

pathological sustained vowels according to signal typing

Lee, JiYeoun?)

ABSTRACT

The perturbation parameters like jitter, shimmer, and signal-to-noise ratio (SNR) are largely estimated in the particular

segment from the subjective or whole portion of the given pathological voice signal although there are many possible regions

to be able to analyze the voice signals. In this paper, the pathological voice signals were classified as type 1, 2, 3, or 4

according to narrow band spectrogram and the value differences of the perturbation parameters extracted in the subjective and

entire portion tended to be getting bigger as from type 1 to type 4 signals. Therefore, sample selection method based on

moving window to analyze type 2 and 3 signals as well as type 1 signals is proposed. Although type 3 signals cannot be

analyzed using the perturbation analysis, the type 3 signals by selecting out the samples in which error count is less than 10

through moving window were analyzed. At present, there is no method to be able to analyze the type 4 signals. Future

research will endeavor to determine the best way to evaluate

such voices.

Keywords: Moving window, perturbation parameter, signal typing, acoustic analysis, pathological voices, sample selection.

1. Introduction

Over the past few years a considerable number of studies have
been applied on the acoustic analysis, including perturbation
measures including jitter, shimmer, and signal to noise ratio
(SNR) for the laryngeal pathologies [1]. However, since these
parameters are based on the fundamental frequency, a very
reliable pitch detection algorithm is essential to measure voicing
irregularities [2-3]. In a severely chaotic voice signal which
exhibits an irregular and aperiodic waveform, it tends to show
extreme and unstable perturbation values [4]. It is also sensitive
to aperiodicity as well as to error that can be created by
environmental noise and measurement noise from recording and
sampling [2-6]. Therefore, in a 1995 summary statement from

workshop on acoustic voice analysis, Titze proposed that signals
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should be assessed and categorized as type 1, 2, or 3 to
determine whether a particular signal is appropriate for
perturbation analysis [2]. In his system, type 1 signals are nearly
periodic and therefore suitable for perturbation analysis. Type 2
signals contain strong modulations or sub-harmonics and type 3
signals are irregular and aperiodic. Such signals might not be
appropriate for perturbation analysis [7]. Recently, the addition of
signal type 4 to Titze’s voice classification scheme is proposed
[8-9]. This signal type 4 is primarily stochastic in behavior and is
therefore unsuitable for both perturbation and nonlinear dynamic
analysis [9-10].

The nonlinear dynamic analysis has recently received interest
in the field of speech signal processing and enables us to
quantitatively describe aperiodic and chaotic phenomena [11-12].
It has shown potential ability to reliably quantify both periodic
and aperiodic signals, to describe disordered voices, to classify
pathological voices from normal ones, finally, and to quantify the
degree of aperiodicity and irregularity [13-18]. Zhang et al
presented a new quantitative scheme used in signal typing of

pathological voices based on correlation dimension (D2). The
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correlation dimensions of each signal type statistically increase
from type 1 to type 3 signals. This study suggests that nonlinear
dynamic analysis represents a valuable new method to
quantitatively classify pathological voice signals [19].

However, perturbation analysis is an important method to
analyze various voice signals utilized in many journals so far
[5-6, 20]. This study focuses on the perturbation analysis by
means of sample selection approach using an entire portion of the
given voice signal and the most stable portion indicated by voice
analysts. The process of sample selection, which selects a
segment of a voice signal such as the middle portion of the voice
signal, varies from experiment to experiment [4,20-24]. There are
many possible regions that may be selected for analysis in speech
data and each portion produces a different perturbation value. The
general consensus is to avoid the negative effects of onset and
offset corresponding to the beginning and end of the signal. The
speech data are analyzed to only some specific section or whole
phonation without onset and offset although pathological voice
appears to be large variations in pitch period and amplitude in
the cycle to cycle [4,20,24]. In other words, the perturbation
analysis is performed by selecting a particular time point from
each voice signal and analyzing the selected segment using
various algorithms within a computer program to describe the
characteristics of the voice signal. Then, the analyzed acoustic
measures like jitter, shimmer, and SNR are supposed to be as
representatives of each person. Nevertheless, there is no sufficient
evidence to select the sample segment of the given voice signal
for perturbation analysis so far. Therefore, in this study, the
sample selection method based on moving window with
consecutive samples of 0.5 seconds in length moving forward at
25 millisecond increments is proposed to analyze the sustained
pathological voice signals according to signal typing.

This study includes two research questions about sample
selection for acoustic perturbation analysis of pathological
sustained vowels. First, on the assumption that perturbation
measures change with time in a pathological sustained vowel,
does the different sample location affect the result of
measurement? Second, what is an objective and reliable method
for sample selection? Upon completion of these questions, moving
window approach will give information to find the frames
showing the minimum perturbation. Then, an appropriate sample
selection method will be recommended for perturbation analysis

according to signal typing of pathological voices.
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2. Material and methods

2.1 Material

The voice samples examined in this study were selected from
a DVD-ROM database distributed by The Japan Society of
Logopedics and Phoniatrics. This database includes 32
pathological voices (17 women and 15 men) ranging in age from
19 to 77 years as shown in Table 1. Sustained vowel /a/
phonations (0.8-3.2 seconds in length) were used and all voice

data were sampled at 44.1 kHz.

2.2. Data analysis

Jitter, shimmer, and SNR were obtained from TF32 software
[25]. The acoustic measures were estimated from an entire portion
and the most stable portion indicated by the trained
speech-language pathologists as baseline methods. The latter is
called as subjective method in this paper. The voice samples are
selected from an entire portion with 0.5 seconds in length. On the
other hand, consecutive samples of the waveform were selected to
0.5 seconds in length, moving forward at 25 millisecond
increments in a sustained /a/ vowel as shown in <Figure 1>.
Then, the perturbation measures were analyzed in each window
frame. It is called as sample selection method based on moving
window. For example, first, the perturbation parameters are
extracted in window from Os to 0.5s. Then, by shifting the
window with 0.025s, perturbation parameters are extracted in
window from 0.025s to 0.525s. We can analyze the perturbation

measures through entire portion of the voice sample in this way.

2.3 Signal typing

Signal typing was chosen to achieve a visual impression of the
acoustic content of the voice samples. Narrow band spectrograms
were generated using the Praat software version 5.1.02. Narrow
band spectrogram was created with a window length of 0.05
seconds, a time step of 0.002 seconds, a frequency step of 5SHz,
and a dynamic range of 40dB [10]. A hamming window shape
was used to generate the spectrogram. The signal typing was
conducted as a group during weekly voice team meetings
consisting of trained three speech-language pathologists (SLPs).
The three speech-language pathologists are famous specialist in
the field of speech disorder and have a skillful experience of
speech therapy for many years in UW Health, University of
Wisconsin hospital. At these meetings, the data from each patient

were presented for review and signal typing was done as shown
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in <Table 1> Voice signals were then analyzed with jitter,

shimmer, and SNR. The typical characteristics of spectrograms for

each signal type are shown as in <Figure 2>.

Table 1. Summary of subject information. “‘F’* and ““M”’ in the

second column stand for females and males, respectively.

Subject Sex Age (y) Diagnosis Sgnal typing
2 22 F Nodules Type 1
3 30 F Nodules Type 1
4 37 F Nodules Type 1
5 20 F Nodules Type 1
6 23 F Nodules Type 1
8 22 F Nodules Type 1
9 30 F Nodules Type 1
27 19 F Cysts Type 1
13 44 M Polyps Type 2
24 54 F Polyps Type 2
35 78 F Paralysis Type 2
39 58 M Sulcus vocalis Type 2
40 38 M Laryngitis Type 2
43 34 M Laryngitis Type 2
44 49 M Chronic laryngitis Type 2
52 45 M Granuloma Type 2
17 62 F Polyps Type 3
19 60 M Polyps Type 3
22 39 M Polyps Type 3
47 58 M Glottic cancer Type 3
50 54 F Papilloma Type 3
53 69 M Granuloma Type 3
57 59 F Laryngeal web Type 3
63 21 F Virilization Type 3
16 77 F Polyps Type 4
25 53 F Polyps Type 4
32 35 M Paralysis Type 4
34 79 M Paralysis Type 4
37 67 M Paralysis Type 4
42 34 F Laryngitis Type 4
49 64 M Glottic cancer Type 4
51 21 M Papilloma Type 4

Window length (0.5s)

Shifting window length ( 0.025 s)

0.4871
-0.4223+ {
0.0 Time (s)
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Figure 1. Sample selection method based on moving window.
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Figure 2. Spectrograms (a) Type 1 signal, (b) Type 2 signal,

(c) Type 3 signal, (d) Type 4 signal

3. Results and Discussions

3.1 Perturbation analysis

3.1.1 Type 1 signal

<Table 2> shows perturbation parameters such as jitter (%),
shimmer (%), and SNR (dB) estimated in an entire and subjective
portion of type 1 signals. Type 1 signals tended to have similar
jitter values in an entire and subjective portion. However, some

subjects (5 and 27) had the differences of jitter values like 0.03
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(%) and 0.06 (%) between two portions. As parameter that
measures cycle-to- cycle fluctuations in the fundamental period,
jitter values tended to be stable in most of the type 1 signals.
Shimmer is a measure of cycle-to- cycle variations in waveform
amplitude. In type 1 signals, the differences of shimmer values
ranged from 0.03 (%) to 0.43 (%). And the differences of SNR
values ranged from 0.00 (dB) to 1.3 (dB).

The reliability of jitter, shimmer, and SNR is assessed using
TF32 values of “Trk,” which quantifies the number of dramatic
fluctuations in pitch and “Err,” which indicates discrepancies in
the calculated fundamental frequency likely due to voice breaks
present in the sample [25]. Typically, an "Err" value of less than
10 is used as the cutoff point for suitability of acoustic analysis.
Using this cutoff point, the signal type 1 was appropriate for

acoustic analysis.

Table 2. Jitter (%), shimmer (%), and SNR (dB) estimated in an
entire and subjective portion of type 1 signal.

2 3 4 5 6 8 9 27
Entire potion

Jitter (%) 0.24 0.17 0.28 0.26 0.28 0.34 0.4 0.32
Shimmer (%) 239 1.69 2.6 3.54 1.48 1.9 29 3.69
SNR (dB) 257 29.6 226 239 242 26.6 23.1 20.4

Trk 4 3 3 4 4 2 5 3

Err 0 0 0 0 0 0 0 0

Subjective portion

Jitter (%) 0.23 0.16 0.27 0.23 0.28 0.39 0.41 0.26
Shimmer (%) 2.36 1.66 231 3.47 1.39 2.16 2.47 3.79
SNR (dB) 25.7 30 2238 244 24.7 25.6 23 211

Trk 1 0 0 0 0 0 0 0

Err 0 0 0 0 0 0 0 0

3.1.2 Type 2 signal

<Table 3> shows perturbation parameters such as jitter (%),
shimmer (%), and SNR (dB) estimated in an entire and subjective
portion of type 2 signals. Type 2 signals were suitable to
perturbation analysis except for the perturbation parameters
estimated in an entire portion of subject 40 because the "Err"
values were larger than 10. The differences of jitter, shimmer, and
SNR values ranged from 0.00 (%) to 0.09 (%), 0.05 (%) to 0.9
(%), and 0.5 (dB) to 0.33 (dB), respectively. Compared with
differences of the perturbation values in type 1 signals, those for
type 2 signals were getting bigger between an entire and
subjective portion. In conclusion, although type 2 signal is suitable
to perturbation analysis, the different sample location affects the

result of perturbation parameters as shown in <Table 3>.
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Table 3. Jitter (%), shimmer (%), and SNR (dB) estimated in an
entire and subjective portion of type 2 signal.

13 24 35 39 40 43 44 52
Entire potion

Jitter (%) 0.51 0.45 0.53 0.54 0.46 0.34 0.39 0.3
Shimmer (%) 573 4.63 4.24 379 2.01 2.82 228 2.6
SNR (dB) 14.7 16 183 19.2 19.4 238 23.8 243
Trk 60 24 33 51 18 23 16 22

Err 0 0 0 0 17 0 0 0

Subjective portion

Jitter (%) 0.53 0.48 0.44 0.47 0.46 0.31 0.35 0.27
Shimmer (%) 4.83 4.16 3.54 3.06 2.04 2.74 1.85 1.81
SNR (dB) 15.9 16.5 21.6 20.7 18.9 24.7 25.1 26.6

Trk 5 5 2 S 4 1 0 5

Err 0 0 0 0 6 0 0 0

3.1.3 Type 3 signal

<Table 4> shows perturbation parameters such as jitter (%),
shimmer (%), and SNR (dB) estimated in an entire and subjective
portion of type 3 signals. It was not suitable to analyze the
perturbation parameters in an entire portion of the type 3 signals

«

because “Err” were larger than 10. Although it was okay to
analyze the perturbation parameters in most of the stable section
indicated by speech-language pathologists, we should carefully
check if the perturbation values are representative in the voice
signals. Also we should compare them with perturbation values

estimated by other objective sample selection methods.

Table 4. Jitter (%), shimmer (%), and SNR (dB) estimated in an
entire and subjective portion of type 3 signal.

17 19 22 47 50 53 57 63
Entire potion
Jitter (%) 0.5 3.49 16.7 1.64 0.64 1.38 1.09 1.02
Shimmer (%) 4.64 21.04 60.12 8.52 3.83 7.71 12.66 4.6
SNR (dB) 17 12.5 6.4 9.4 15.7 13.6 7.3 16.3
Trk 47 1332 3972 902 34 832 274 108
Err 5 62 504 103 6 156 60 10
Subjective portion|

Jitter (%) 0.31 0.6 0.78 0.55 0.59 1.22 1.18 0.84
Shimmer (%) 2.78 6.16 12.55 6.66 3.17 4.93 11.86 3.25
SNR (dB) 20.4 15.1 9.5 12.3 15 11.8 7.7 17.3
Trk 12 34 35 28 6 67 40 25

Err 0 1 1 0 3 16 9 1

3.1.4 Type 4 signal

<Table 5> shows perturbation parameters such as jitter (%),
shimmer (%), and SNR (dB) estimated in an entire and subjective
portion of type 4 signals. It wasn’t suitable to analyze the type 4
signals with an entire portion. However, although the subjective
portion was selected by the trained speech-language pathologists,
‘Err” values larger than 10 were showed in most of the type 4
signals. As from type 1 to type 4 signals, the differences were

getting bigger between the entire and subjective portion.
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Table 5. Jitter (%), shimmer (%), and SNR (dB) estimated in an
entire and subjective portion of type 4 signal.

16 25 32 34 37 42 49 51
Entire potion

Jitter (%) 7.15 3.6 | 1021 | 1348 | 3216 | 7.69 5.03 6.29
Shimmer (%) 3675 | 1473 | 4183 | 335 | 2991 | 4294 | 3343 | 2589
SNR (dB) 2.9 6.8 2.6 8.3 8 34 59 72
Trk 4880 888 2915 | 2763 | 2300 | 8019 | 1406 | 1683

Err 105 22 306 440 225 388 163 234

Subjective portion

Jitter (%) 10.01 3.62 8.94 483 5.31 0.78 24 593
Shimmer (%) 43.22 13 3306 | 363 | 2672 | 1279 | 27.64 | 2096
SNR (dB) 2.5 6.6 33 5.6 52 42 42 8.2
Trk 3008 439 1570 493 931 248 338 1166

Err 57 8 96 38 89 3 34 143

In conclusion, although the sample selection methods using the

entire and subjective portion have commonly used, jitter,
shimmer, and SNR values showed a clear difference between two
methods according to signal typing. Since the location of the
different sample selection affects the distinct difference of
perturbation measures in a given pathological sustained vowel, we
must carefully select the sample segment to analyze perturbation
measures.

In next chapter, the variation between frames according to
signal typing will be shown with moving window approach which

is proposed in <Figure 1>.

3.2 Moving window analysis

<Figure 3> shows perturbation parameters such as jitter (%),
shimmer (%), and SNR (dB) estimated through the moving
window in type 1 signals. All values of “Err” were 0. In most of
the type 1 signals, jitter, shimmer, SNR were stable though every
frames. However, in some subjects these values changed
depending on the location of the window.

<Table 6> shows the locations indicating the minimum
perturbation which indicates the most stable portion within type 1
signals. Although most samples had minimum values for the three
parameters in similar places, these values were different from
those estimated in the subjective portion of the type 1 signal as
shown in <Table 2>. Even in type 1 signal, the location of
minimum perturbation varied between subjects. Therefore we
should not select the samples in the middle or entire portion of
the given voice signal without evidence.

In signal type 1, the recommendation for sample selection
procedures is as follows:

If the perturbation measures have similar minimum perturbation
location, the location corresponding to more than two perturbation

measures is the time point for the sample selection.

If the perturbation measures have a different minimum
perturbation location like subject 2 and 9, we should choose one
location by comparing the values of perturbation measures
estimated in the entire frames through moving window with

minimum perturbation values.

057

0.4

03

Err

02

0.1

0 0.2 0.4 0.6 0.8 1 12

0 0.2 0.4 0.6 0.8 1 1.2
Time (s)

Shimmer (%,

Time (s)

(d)

Figure 3. “Err” and perturbation parameters estimated from
sample selection method based on moving window in type 1
signals. (a) Err (b) jitter (%) (c) shimmer (%) (d) SNR (dB)
(—e—: subject2, —g— : subject 3, —==—: subject 4, —x— :
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Table 6. Minimum perturbation positions and the selected time

points according to each subject in type 1 signals.

Percent jitter | Percent shimmer SNR Selected
(time point) (time point) (time point) | time point
2 [02(0.1255,0155)] 1.95(0.8255) | 26.3(0.95s) [r0:95s)
3 0.15 (0.6s) 1.46 (1.125s) | 30.3 (1.125s) 1.125s
4 0.24 (0.625s) 2.26 (0.675s) 23 (0.625s) 0.625s
5 0.19 (0.7s) 2.87 (0.825s) 23.9(0.7s) 0.7s
6 0.24 (0.4s) 1.33 (0.4s) 24 (0.425s) 0.4s
8 0.29 (0.075s) 1.39 (0.2s) 27.5(0.075s) 0.075s
9 0.36 (0.3s) 2.28 (1.05s) 23.9(0.9s) (0.9s)::
27 0.25 (0.325s) 3.54(0.125s) | 20.6 (0.325s) 0.325s

<Figure 4> shows perturbation parameters such as jitter (%),
shimmer (%), and SNR (dB) estimated through the moving

13

window in type 2 signals. Although the “Err” values of most of
the type 2 signals were less than 10, perturbation measures
tended to be unstable between every frames of moving window
compared to the type 1 signals.

<Table 7> shows the location and value of each minimum
perturbation measure for type 2 signals. As compared to the type
1 signals, these signals tended to reach a minimum for each
parameter at different time points. The selected time points were

determined from same procedures recommended in signal type 1

because type 2 signals were appropriate for perturbation analysis.

Table 7. Minimum perturbation positions and the selected time
points according to each subject in type 2 signals.

Percent jitter | Percent shimmer SNR Selected
(time point) (time point) (time point) time point

13 0.34(2.375s) 4.69 (0.55s) 16.6 (1.675s) s

24 0.38 (0.575s) 3.79 (1.175s) 16.7 (1.175s)

35 0.42 (0.5s) 3.28 (0.875s) 21.6 (0.725s)

39 0.42 (1.325s) 2.88 (0.9s) 21(0.9s)

40 0.34 (1.05s) 1.79 (0.175s) 20.5(1.225s) 03

43 0.28 (1.2255) 2.36 (1.25s) 25.2(1.225s) 1.225s

44 0.21 (1.75s) 1.5 (1.75s) 27.2(1.75s) 1.75s

52 0.23 (0.85s) 1.76 (0.85s) 26.5 (0.625s) 0.85s

<Figure 5> shows perturbation parameters such as jitter (%),
shimmer (%), and SNR (dB) estimated through the moving
window in type 3 signals. The “Err” values for the type 3 signals
were greater than our cutoff of 10 and the type 3 signals seemed
to be inappropriate for acoustic analysis. However, the moving
window technique can detect frames where this value dropped
below 10 and the samples are transiently suitable for acoustic
analysis. Compared to type 1 and 2 signals, the type 3 signals
showed between

abrupt changes in perturbation parameters

between frames.
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Figure 4. rm” and perturbation parameters estimated from
sample selection method based on moving window in type 3
signals. (a) Err (b) jitter (%) (c) shimmer (%) (d) SNR (dB)
(=+—: subject 17, —m— : subject 19, —==—: subject 22,
—>— : subject 47, —k— : subject 50, —e—: subject 53,

—— : subject 57, : subject 63)

<Table 8> shows the location and value of each minimum
perturbation measure for type 3 signals. Most of the voice signals
had a different position of the minimum perturbation in each
parameter. It has well known that the perturbation analysis cannot
be applied to signal type 3 because of many error counts.
However, the type 3 signals had the frames which “Err” has less

than 10 through sample selection method based on moving

window. The locations of minimum perturbation of <Table 8>
corresponded to areas with “Err” less than 10. Accordingly, the
perturbation analysis after selecting segments of the voice in
which “Err” was below 10 could be applied for type 3 signals. In
<Table 8>, the selected time points are determined from same

procedures recommended in signal type 1 and 2.

Table 8. Minimum perturbation positions and the selected time
points according to each subject in type 3 signals.

Percent jitter | Percent shimmer SNR Selected
(time point) (time point) (time point) time point

17 0.29 (0.225s) 2.77(0.05s) 20.1(0.175s)

19 0.6 (0.275s) 6.11 (1.325s) 15 (0.275s)

22 0.72 (0.15s) 11.84(0.325s) 10.2 (0.075s)

47 0.45 (0.3s) 4.58 (0.675s) 13 (0.325s)

50 0.5 (1.025s) 2.89(0.75s) 16.4(0.025s)

53 0.59 (0.1s) 2.89 (0s) 17.5 (0s)

57 0.33(2.325s) 7.49 (1.25s) 7.3(2s)

63 0.72 (0.4s) 2.52(0.425s) 17(0.4s)

<Figure 6> shows perturbation parameters such as jitter (%),
shimmer (%), and SNR (dB) estimated through the moving

«

window in type 4 signals. As shown in <Figure 6>, “Err” values
were above 10 for all frames of the moving window except for
subject 25. These results confirm the type 4 signals are primarily
stochastic in behavior and are therefore known as unsuitable
signals for both perturbation and nonlinear dynamic analysis. At
present, there is no objective method to be able to analyze the
type 4 signals.

In type 4 signal, only one signal in which “Err” is below 10

was analyzed. The selected time point is determined from same

procedures recommended in signal type 1.

Table 9. Minimum perturbation positions and the selected time
points according to each subject in type 4 signals.

Percent jitter | Percent shimmer SNR Selected
(time point) (time point) (time point) time point
16 X X X X
25 0.42 (0.325s) 5.96 (0.325s) 7.9 (0.325s) 0.352s
32 X X X X
34 X X X X
37 X X X X
42 X X X X
49 X X X X
51 X X X X
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Figure 6. “Err” and perturbation parameters estimated from

sample selection method based on moving window in type 4
signals. (a) Err (b) jitter (%) (c) shimmer (%) (d) SNR (dB)
(—#—: subject 16, —a— : subject 25, —===—: subject 32,

—>¢— : subject 34, —k— : subject 37, —e—: subject 42,

—— : subject 49, : subject 51)

4. Conclusion

The perturbation analysis has known as an important method
to analyze various voice signals so far. The perturbation measures
like jitter, shimmer, and SNR are largely estimated from a
particular segment from the middle, entire, or subjective portion
of the given voice signal to avoid the negative effects of onset

and offset although there are many possible regions to be able to
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analyze the voice signals. This method is applied for a
pathological voice which appears to be large variations in pitch
period and amplitude without efficient evidence.

In this study, according to Titze’s suggestion that voice signals
should be reviewed and -categorized as type 1, 2, or 3 to
determine whether a particular signal is appropriate for
perturbation analysis, the pathological voice signals were
classified as signal type 1, 2, 3, and, in addition, signal type 4.
Then, the perturbation measures like jitter, shimmer, SNR were
extracted in the subjective and entire portion. The differences of
the perturbation measures between the subjective and entire
portion tended to be getting bigger as from type 1 to type 4
signals. The different sample locations affected the results of
measurement. Therefore, the sample selection method based on
moving window with consecutive samples of 0.5 seconds in
length moving forward at 25 millisecond increments was proposed
to analyze the sustained pathological voice signals according to
signal typing.

What is an objective and reliable method for sample selection?
We recommend that sample selection approaches according to
signal typing should the following rules.

In type 1 and 2 signals,

If perturbation measures have same minimum perturbation
location, the united time is for the sample selection.

If perturbation measures have a similar minimum perturbation
location, the location corresponding to more than two perturbation
measures is the time point for the sample selection.

If perturbation measures have a different minimum perturbation
location, we should choose one location by comparing the values
of perturbation measures estimated in every frame of moving
window with minimum perturbation values.

It has well-known that type 3 signals cannot be analyzed using
perturbation analysis. However, the type 3 signals had the frames
which “Err” is less than 10 through sample selection method
based on moving window. All frames indicating minimum
perturbation were corresponded to the ones in which “Err” are
less than 10. Finally, the perturbation analysis after selecting out
samples of the section that error counts are less than 10 can be
applied for the type 3 signals. At present, there is no method to
analyze the type 4 signals which are perceived as increasingly
dysphonic. Future research will endeavor to determine the best
way to evaluate such voices.

In conclusion, the sample selection approach based on moving
window is the objective and convenient method to analysis voice

signals at the moment.
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