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The aim of this study was to create a single-language counterpart of the International Speech Test
Signal (ISTS) and to compare both with respect to their acoustical characteristics. The development
procedure of the Polish Speech Test Signal (PSTS) was analogous to the one of ISTS. The main difference
was that instead of multi-lingual recordings, speech recordings of five Polish speakers were used. The
recordings were cut into 100-600 ms long segments and composed into one-minute long signal, obeying
a set of composition rules, imposed mainly to preserve a natural, speech-like features of the signal.
Analyses revealed some differences between ISTS and PSTS. The latter has about twice as high volume of
voiceless fragments of speech. PSTS’s sound pressure levels in 1/3-octave bands resemble the shape of the
Polish long-term average female speech spectrum, having distinctive maxima at 3—4 and 8-10 kHz which
ISTS lacks. As PSTS is representative of Polish language and contains inputs from multiple speakers, it
can potentially find an application as a standardized signal used during the procedure of fitting hearing
aids for patients that use Polish as their main language.
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1. Introduction

At the beginning of the 21st century, digital hear-
ing aids became prevalent over analogue ones on the
hearing instruments world market. The digital ones
are equipped with various advanced digital systems
designed to improve their performance, especially by
the means of optimal processing of speech signal. Nev-
ertheless, until 2012 there were no standard proce-
dures to test the actual hearing aids performance in
the presence of speech signal. With the aim of fill-
ing this gap, a new standard method for character-
ising signal processing in hearing aids with a speech-
like test signal, ISTS (International Speech Test Sig-
nal), has been introduced (IEC 60118-15, 2012; HoL-
UBE et al., 2010). ISTS was developed using female
speech recordings in six languages: Mandarin, Arabic,
English, Spanish, French and German. This particu-
lar choice of languages including languages from Sino-
Tibetan, Semitic, Germanic and Romance groups was

not justified explicitly, but at least in the case of Man-
darin, Arabic, Spanish and English a percentage of
world’s population using these languages must have
played a role in that. However, ISTS does not contain
characteristic features of languages from other groups,
e.g. Indo-Aryan, Japonic, Slavic or Turkic.

In ISTS fragments of recordings of six languages
were composed in a rigorous and diligent manner
in order to preserve all the key features of human
speech. The signal itself allows for repeatable mea-
surements and therefore it has been proven success-
ful as an international standard and as an input sig-
nal applied during hearing aids’ tests. Since its re-
lease ISTS has found also other applications, e.g.
in the process of fitting hearing aids for individ-
ual patients (DWORSACK-DODGE, SWITALSKI, 2012);
Kossek, DWORSACK-DODGE, 2010). In this context,
it is worth noting that the limited linguistic content
of ISTS implies that the signal may not be represen-
tative of any given language (HOLUBE et al., 2010).
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Due to the fact it is assumed here, that for patients
using specific languages, fitting a hearing with ISTS
might not provide optimal results. One of possible rea-
sons for that might be a specific phonemic content of
the patient’s language (CHASIN, HOCKLEY, 2013). The
method that uses ISTS in hearing aid fitting process
is based on percentile analysis. Details of the analy-
sis are described in the IEC standard (IEC 60118-15,
2012) while guidelines for fitting practices can be found
in (DWORSACK-DODGE, SWITALSKI, 2012; KOSSEK,
DwORSACK-DODGE, 2010).

Importantly, ISTS development procedure was
based on the assumption that long-term average speech
spectra of particular languages do not differ signifi-
cantly (BYRNE et al., 1994) and for that reason ISTS’s
long-term average spectrum mirrors exactly the shape
of the International Long-term Averaged Speech Spec-
trum (ILTASS). However, each vowel or consonant
manifests some uniqueness in the spectrum, and since
different languages use different sets and incidence of
speech sounds, some researchers have reckoned that
the shape of LTASS might be language-specific (NOH,
LEE, 2012; DE BOYSSON-BARDIES et al., 1986).

As for the Polish speech — apart from the popu-
lar opinion on its specific sound (often commonly de-
scribed as rustling or whistling) — there are scientific
reports on its spectral uniqueness:

e Polish consonant phonemes include the series
of affricates: ¢ /ts/, dz /dz/ (alveolar), cz /ts/,
dz [dz) (retroreflex), ¢ /i¢/, d¢ /dz/ (palatal),
palatal consonants: 7 /n/, § /¢/, £ /2/, 7 [i/,
two palatalized plosives /ki/, /gi/ and one palata-
lized fricative /xi/ (JASSEM, 2003). All of them
exhibit significant amount of energy in high fre-
quency spectrum region.

e OZIMEK et al. (2006) showed that the power spec-
trum density of the babble noise obtained from
Polish male speech has a distinctive increase in
level in the region of frequencies higher than
5 kHz. It results from the fact that Polish has
the greatest number of affricates among European
languages. The high frequency maximum in the
babble noise is something that was not observed
in any of Byrne’s spectra, and supports the need
for this research. Additionally, although Byrne’s
results (BYRNE et al., 1994) became a landmark
work for generations of researchers, it needs to be
noted that these results were produced over 20
years ago. It cannot be ruled out that the record-
ing conditions (different for almost every language
group), technical capabilities of used devices or
the averaging over the levels in frequency bands
failed to reveal subtle differences between long-
term spectra of the investigated languages, espe-
cially in the high frequency region.

The consideration for patient’s language during fit-
ting of a hearing aid can be observed in clinical prac-

tice of the recent years. NAL-NL2 fitting method can
serve as an example, since its algorithm calculates
the insertion gain in a different way depending on
whether the patient speaks a tonal language or not.
Such a language-oriented approach can be also found
in research works of the last years (CHASIN, 2008; 2011,
CHASIN, HOCKLEY, 2013; NOH, LEE, 2012).

The above observations about ISTS design and the
potential significance of individual language features
have provided motivation for the current study. Its goal
was to create a single-language counterpart of multi-
language ISTS, to analyse and compare their acous-
tical characteristics. Polish language has been chosen
because of the authors’ origins and the fact that the
Slavic-group of languages was neglected in the selec-
tion of ISTS’ languages. The created signal is ISTS’
counterpart in the sense that it has the same structure
and fulfils all requirements of a test signal described in
IEC 60118-15 (except for the language-related ones).
This paper describes some aspects of the Polish Speech
Test Signal’s development procedure, presents the re-
sults of the comparative analysis of PSTS and ISTS,
and discusses the results and their potential implica-
tions. This study is expected to contribute to the scien-
tific pursuit that takes a language into consideration
as a significant factor in the process of hearing aids
fitting.

2. Development of PSTS as compared to ISTS

This section does not aim at describing in de-
tail the development procedure of PSTS, which was
meant to mirror the development procedure of ISTS
described in detail by HOLUBE et al. (2010). Instead,
it focuses on the main differences between these two
procedures.

2.1. The recorded text

The spoken materials recorded for ISTS were trans-
lations of the same content — a fairy tale — into each
of the six languages. The benefit of such an approach
consists in ensuring the same semantic load and level of
vocabulary difficulty (in this case — basic vocabulary).

For the present study, it was essential to use a Po-
lish text. It was decided that the text should con-
sist of diversified and contemporary vocabulary refer-
ring to a variety of semantic domains, and not in-
clude specialist or professional terms. Moreover, the
text recorded for the purpose of PSTS was phonem-
ically balanced (Fig. 8b), which was not the case for
ISTS. The phonemic balance means that the phone-
mic content of recorded text was closely akin to the
phonemes’ incidence in Polish speech. A comparison
of phonemes’ incidence in the recorded text and that
obtained by ZIOLKO et al. (2009) on a large sample of
Polish written texts is presented in Fig. 8b.
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2.2. Recording conditions and preliminary processing

During four recording sessions, voices of 18 female
speakers reading the text were recorded in the stu-
dio at the Institute of Acoustics, Adam Mickiewicz
University. They were all native speakers, 21-60 years
old, without speech impediments. The speakers were
seated in front of a Neumann U87i directional micro-
phone (located at a distance of 20-30 cm from the
speaker’s mouth), plugged into a YAMAHA DM1000
mixer. Monophonic soundtracks were recorded with
44100 Hz sampling frequency and 24-bits resolution
using a Samplitude Pro X digital audio workstation.

Preliminarily processing of recorded material in-
cluded manual removal of unintended sounds using
Samplitude software (e.g. mistakes and coughs) and
automatic reduction of silent intervals to the maxi-
mum duration of 600 ms. The identification and re-
duction of silence was done automatically in Matlab,
using an algorithm based on a power level threshold
value, which was set to —27 dB relative to the peak
value of the whole signal. This value was chosen em-
pirically making sure (by means of careful auditory
and visual inspection of the waveform) that the soft
fragments of speech are not classified as silence and
cut off. Choosing a higher threshold would result in
trimming the speech signal in few cases of record-
ings, whereas a lower value would not remove non-
speech fragments that were contaminated with some
low-amplitude background noise. Therefore, it was de-
cided to apply the value of —27 dB as the most optimal
in this case.

2.3. Selection of recordings

For ISTS the selection criteria of six recordings (out
of the previously recorded set) included: the dialect,
voice quality, the naturalness of pronunciation, and the
median fundamental frequency. For PSTS the dialect
criterion was not applicable, and the quality and natu-
ralness were prerequisite at the initial stage of making
the 18 recordings. The final criteria were the following
two:

e proximity of their fundamental frequencies (me-
dian values),

e spectral affinity to the long-term average Polish
female speech spectrum (PL-LTAFSS).

The selection was based on a compromise between
them (see Table 1). Since no record of contemporary
long-term average Polish spectrum of female speech
(PL-LTAFSS) had been found, it was also created us-
ing the results of this study. A paper regarding the pro-
cess of developing PL-LTAFSS is currently in prepara-
tion.

To assess the spectral affinity, 1/3-octave band
levels (63-20000 Hz) were calculated for each of the
recordings, compared with 1/3-octave band levels of

Table 1. Six selected recordings and their characteristics:

median of fundamental frequency (column 1), fundamental

frequency deviation (column 2), maximum difference Dmax

in 1/3-octave band levels between the recording and the

reference band spectrum (column 3), frequency band in
which Dyax occurred (column 4).

fo [Hz] | fo dev [Hz] | Dmax [dB] | fD max [Hz]
Recording 1| 202 33 6.4 315
Recording 2| 210 35 4.2 125
Recording 3| 210 52 6.6 1600
Recording 4| 213 49 3.4 125
Recording 5| 221 33 8.9 125
Recording 6| 206 36 6.5 4000

PL-LTAFSS and for each band the deviation was de-
rived.

2.4. Reference LTASS and filtration process

HOLUBE et al. (2010) have filtered their samples to
the ILTASS of female speech described by BYRNE et al.
(1994) using FIR-filters between 100 and 16 000 Hz to
improve the homogeneity of the speech material. It
would not be in accordance with the aim of the study
to make the spectral shape of Polish recordings resem-
ble the international spectrum, therefore PL-LTAFSS
was chosen as a reference. On the basis of differences
between each recording’s 1/3-octave band levels and
the corresponding band levels of PL-LTAFSS, a set
of FIR filters was designed in Matlab using frequency
sampling method. After filtering, the deviation from
PL-LTAFSS within the whole range of frequency bands
did not exceed 3 dB.

2.5. Segmentation

In the next step, the recordings were split into short
(100-600 ms long) segments. When determining the
positions of segments’ boundaries, it had to be ensured
that:

e the boundaries would not break the continuity of
a syllable,

e pauses equal to or longer than 100 ms, that nat-
urally occur in the course of speech, would be
placed at the end of a segment.

These requirements were the same as for ISTS.
The difference consisted in the tools used to achieve the
goal, chiefly because Polish text material was much
longer than ISTS’.

In order to automate segmentation of PSTS source
material, AnnotationPro (v.2.2.1.5) software was used
(KLESSA, 2015; KLESSA et al., 2013). Provided with an
audio file and a phonetic transcription of recorded text,
this software is able to split the utterance into syllables
and set markers at their boundaries. As some of the syl-
lable segments were shorter than 100 ms, they had to
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be manually merged with their neighbours. Whenever
the splitting algorithm failed in its accuracy leaving an
audible artefact at the end or beginning of a segment,
the artefacts were eliminated by fine manual adjust-
ments, supported by an aural assessment of isolated
segments and visual control of the waveform. Localisa-
tion of speech pauses and shifting of segments bound-
aries (so that the pauses were located always at the end
of segments), as well as the final splitting were done in
Matlab. As a result of this process 7690 segments were
obtained.

2.6. The order of speakers within a speech phrase

Both signals, i.e. ISTS and PSTS, were composed
by drawing the segments from a pool and lining them
up in a new order. However, to provide for key de-
sired features of the signals, some restrictions were im-
posed on the randomness of the process. For ISTS,
one of them was related to the changeability of lan-
guages from segment to segment and thus — to the
changeability of speakers. The strategy of ISTS’ devel-
opment ensured that “each language was selected ran-
domly only once within each group of siz consecutive
segments” (HOLUBE et al., 2010). PSTS does not have
changeability of language, only of speaker. PSTS has in
principle a fixed order of speakers and the order might
be disturbed only at the junction of two neighbouring
sections. It should be noted that both ISTS and PSTS
signals are constructed of subsequent 15-, 10-, 10-, 10-,
and 15-second long sections, which can be considered
as independent, separate parts. A general structure of
both signals is presented schematically in Fig. 1.

SECTIONS OF THE SIGNAL:

15s 10s 10s 10s 15s

PHRASES WITHIN ONE SECTION:

SEGMENTS WITHIN ONE PHRASE:

Fig. 1. A schematic diagram representing the structure
of both signals.

2.7. Composition of sections and number of speakers

Automatic composition algorithm performed by
Matlab ensured compliance with all segments compo-

sition requirements described by HOLUBE et al. (2010).
The sections generated by the algorithm consisted of
speech phrases of different length. Their exact duration
was set according to the probability calculated previ-
ously from the distribution of speech phrases durations
in eighteen, previously made Polish speech recordings
(not on the data used to generate ISTS).

Also in contrast to ISTS procedure, the preliminary
auditory assessment was applied on-line during the
process of creating PSTS sections. Just after a phrase
was composed by the pseudo-random algorithm, it was
played back and had to be accepted by the code ex-
ecutor (the first author of the article). Most of them
were accepted, but the ones sounding grossly unnatu-
ral in the person’s opinion were rejected. Unnatural-
ness could occur for example as a result of unmatched
levels of neighbouring segments, strange, non-Polish-
like intonation or accent distribution in a phrase. It
was also desired to avoid meaningful concatenations
of syllables. During this process, it was observed that
all segments from one of the speakers (recording 6)
stood out distinctly against all others. Every occur-
rence of this speaker’s segment caused an impression
of interruption and discontinuity. This effect was con-
sulted and confirmed with numerous listeners and it
was decided to eliminate this speaker’ segments and
repeat the procedure of generating sections with only
five speakers.

2.8. Auditory assessment and selection
of final sections

The final stage of signal composition was a selec-
tion of three 10-second long and two 15-second long
sections. In contrast to the previous stage (auditory
control of speech phrases’ quality), the subjective au-
ditory assessment was inherent in the process of final
selection of five sections.

Ten listeners (not involved in the process of creat-
ing signal) participated in this study. Their task was to
rate the naturalness of each section sound on a scale
from 1 to 5 (with 1 being the worst and 5 the best
grade, and with permissible grade step of 0.25). Ev-
ery listener participated in two sessions, separated in
time — one for the assessment of the 10-second sec-
tions, and the second one for the 15-second sections.
The listeners were informed beforehand about the na-
ture of the signals. They were forewarned not to ex-
pect a natural speech, but they were asked to assess
the naturalness and homogeneity of the sound of every
section. To avoid the effect of expectations-driven bias
on the first judged sections, the whole set of sections
was firstly presented to the listeners. After this pre-
conditioning, the actual experiment was initiated. The
sections were presented through a Pioneer SE-M390
headset, one after another, with 4-second long breaks
in between for writing down its grade. Order of sec-
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tions was the same for all listeners. By means of this
procedure three highly rated shorter sections and two
highly rated longer sections were selected and thus
they formed the final PSTS.

Both development procedures (of ISTS and PSTS)
used at a certain stage a subjective auditory assess-
ment. In the case of ISTS it was realised after generat-
ing all sections and “those which sounded most natural
(especially at the beginning and the end) and exhib-
ited the most homogeneous speech and pause distribu-
tion were selected” (HOLUBE et al., 2010). By contrast,
in the case of PSTS, rough, preliminary assessment
was implemented already at the stage of generating
individual speech phrases. Because of that, more ef-
fort was put into creating one section, but the resul-
tant ones were marked by a higher quality and thus
a smaller number of them was required. This also facil-
itated the stage of final selection which was performed
by means of ten independent listeners’ assessment and
ranking.

3. Analyses and comparison
between PSTS and ISTS

Comparative analysis of PSTS, ISTS and — if ap-
plicable — PL-LTAFSS was made, taking into account
percentile analysis results, crest factors, long-term av-
eraged spectra, spectrograms, duration of continuous
speech fragments (phrases) and duration of pauses be-
tween them, modulation spectra, comodulation pat-
terns, fundamental frequencies of signals, percentage
of voiced and voicelessspeech fragments in the signals.
Moreover, the phonetic content of PSTS was analysed.

8.1. Percentile analysis

Percentile analysis of both test signals was per-
formed in 125 ms time windows and in 22 1/3-octave
bands of central frequencies from 125 Hz to 16 000 Hz
(IEC 60118-15, 2012). The acoustic pressure levels cor-
responding to the 30th percentile (soft speech), 65th
percentile (moderately loud speech), 95th and 99th
percentile (loud speech) were calculated. Results of the
percentile analysis of PSTS and ISTS are presented in
Fig. 2. In PSTS for the majority of bands the thirtieth
percentile value was smaller than for ISTS (the differ-
ence amounting to 8 dB in the 500 Hz frequency band).
The 99th percentile values were in general higher for
PSTS, especially in the high frequency region (above
2.5 kHz) — amounting to 7 dB in 10 kHz frequency
band. Also the difference between the 30th and 99th
percentile was greater in PSTS than in ISTS. These
values indicate a greater number of soft speech frag-
ments and greater dynamic range of PSTS. For com-
parison purposes the differences between the 30th and
99th percentiles of ISTS and PSTS signals were com-
pared with those given by Cox et al. (1988).
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Fig. 2. a) Distribution of short time sound pressure level
(SPL) values in subsequent 1/3-octave bands expressed in
terms of percentile values; b) comparison of differences be-
tween the 99th and 30th percentile values for PSTS and
ISTS and the values given by Cox et al. (1988).

However, it should be noted that Cox et al. (1988)
analysed slightly shorter speech signals of American
English, in a smaller number of 1/3-octave bands, so
this comparison is more qualitative than quantitative.
The differences between the 30th and 99th percentiles
show similar tendencies of increase or decrease in sub-
sequent frequency bands (Fig. 2b). According to the re-
sults, the dynamic range observed in 69% of the loudest
instantaneous values of the signal was greater in PSTS
than in ISTS and also greater than that calculated by
Cox et al. (1988) for the USA English speech.

3.2. Crest factor

Crest factor (CF) is defined as a ratio of the peak
value of a signal to its effective (root mean square,
RMS) value. The CF values for PSTS and ISTS were
13.7 dB and 9.7 dB respectively. According to CHASIN
(2008) the typical value of this parameter is 12 dB. The
difference in CF value, similarly as the results of per-
centile analysis imply that the dynamic range of PSTS
is greater than that of ISTS.
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3.3. Long-term averaged spectrum

The long-term averaged spectra of PSTS and ISTS
were determined for 1/3-octave bands using ArtemiS
software (HeadAcoustics). The results are presented
in Fig. 3, also showing the Polish long-term averaged
spectrum of female speech, PL-LTAFSS. The curves
obtained for PSTS and PL-LTAFSS are similar and
exhibit local maxima for the frequencies 3—4 kHz and
8-10 kHz, which do not appear in the ISTS spectrum.

O0—T——T——TT—T T T T T T T T T T T T T—T—T T
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aveenens PL-L TAFSS
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Frequency [Hz]
Fig. 3. Long-term averaged spectrum of PSTS, ISTS, PL-

LTAFSS (HABASINSKA, 2015). All spectra were normalized
to have a total sound pressure level of 65 dB SPL.

3.4. Spectrograms

1/3-octave spectrograms for PSTS and ISTS were
calculated in ArtemiS for 10 second signal sections(see
Fig. 4). In the PSTS spectrogram the pauses in speech
are more pronounced than in the one of ISTS. This is
most certainly a consequence of removing the parts of
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[s] 0
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20K
60
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?; 40 [ [dB SPL]
500 30
200 20
100

Time [s]
Fig. 4. 1/3-octave spectrograms for PSTS and ISTS.

the waveform in which the speakers took breaths. In
both spectrograms typical speech-like formant struc-
tures and fundamental frequency contour can be ob-
served.

3.5. Duration of continuous speech fragments

The distribution of durations of continuous speech
fragments (called also phrases), defined as a timespan
between two over 100 ms long pauses, was analysed in
PSTS. Histogram presenting the relative frequency of
speech phrases of a given duration is shown in Fig. 5.
The most frequent durations of speech phrases in PSTS
are those of 600-800 ms. The histogram was fitted with
the Weibull function defined by the following equation
(1), where « = 1.6, 8 = 4.82 and the coefficient of
determination was 0.8456

0.2

0.15f

0.17

0.05F

Relative frequency of speech phrase

0 1 2 3
Duration [s]

Fig. 5. Histogram of continuous speech fragments duration
in PSTS and ISTS.

Figure 5 presents also the histogram of durations
of speech phrases for ISTS — the values are taken from
HOLUBE et al. (2010). Note that in ISTS the most
frequent speech signal duration (1.6 s) is almost two
times longer than in PSTS.

3.6. Duration of pauses

For the purpose of this analysis, pause was defined
as a period of silence lasting for at least 10 ms. The
median of pause durations in PSTS was 80 ms. WIL-
SON et al. (1983) have shown that the mean duration
of pauses in normal fast speech is 42-49 ms, while in
slow speech it is 130 ms. In PSTS and ISTS the most
frequent were short pauses lasting less than 75 ms.

3.7. Comodulation patterns

Comodulation pattern refers to a graphical repre-
sentation of the matrices of correlation coefficients be-
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tween temporal changes of the envelope of a given band
and every other frequency band in the same signal.
Frequency bands used for this analysis have a width
of 1/3-octave. The patterns obtained for both signals
(Fig. 6) resemble typical speech-like patterns and are
dissimilar to the ones found in signals of different class,
i.e. ICRA-5 or white noise (HABASINSKA, SKRODZKA,
2017). However, the patterns for ISTS and PSTS show
differences in the following pairs of frequency bands:
315/630 Hz (which is highly correlated in PSTS but
not in ISTS) and 4000/5000 Hz (where the contrary
is the case). In a rough approximation, PSTS displays
higher correlation for the pairs of frequency bands
above 8 kHz, below 250 Hz and in the region between
315 and 1600 Hz, while in the other regions higher
correlation is observed in ISTS (HOLUBE et al., 2010).
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Fig. 6. Comodulation pattern for PSTS (upper left), ISTS
(upper right) and a matrix containing differences be-
tween correlation coefficients of PSTS and ISTS (bottom)
(HABASINSKA, SKRODZKA, 2017).

3.8. Percentage of voiced and voiceless speech
fragments

The percentages of voiceless speech fragments in
PSTS and ISTS (Fig. 7) were calculated using Praat
(BOERSMA, WEENINK, 2015) and reached 55.5% in
PSTS and 43.1% in ISTS.

The pauses present in the signals might be treated
by the algorithm as voiceless speech fragments, there-
fore to eliminate the impact of differences in the pause
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Viceless fragments of speech [%]
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Originally After limiting pauses
Fig. 7. Percentage of voiceless fragments of speech in PSTS

and ISTS — before and after limiting pauses duration.

duration in ISTS and PSTS, these signals were sub-
jected to repeat analysis after limiting the pauses du-
ration to 10 ms. As expected, the calculated percentage
of voiceless speech fragments in these two signals was
decreased significantly. However, the difference in the
percentage contribution of voiceless speech fragments
between the two signals increased (38.5% in PSTS and
19.23% in ISTS; Fig. 7). Thus, the percentage contri-
bution of the voiceless speech fragments in the Polish
signal is two times higher than in the international sig-
nal ISTS.

3.9. Fundamental frequency of the signal

The fundamental frequency of PSTS, its mean
value, median and standard deviations were calculated
using the Praat program configured for analysis of fe-
male voices (PODESVA, SHARMA, 2013), and corre-
sponding values for ISTS were taken from HOLUBE
et al. (2010). The comparison of the values related
to PSTS, ISTS and particular recordings are given in
Table 2. The fundamental frequency of PSTS signal
(mean value and median) is by 15 Hz higher than that
of ISTS.

3.10. Phonemic content of PSTS

The phonemic content of PSTS was logged during
the signal generation procedure and statistically anal-
ysed afterwards. The results were compared with the
Polish phoneme statistics obtained on a large set of
written texts by ZIOLKO et al. (2009) (Fig. 8b).

The differences between the frequency of phoneme
occurrence in PSTS and in the reference data provided
by ZIOLKO et al. (2009) are bigger than between the
text recorded and the reference (Figs. 8a and 7b). How-
ever, it should be noticed that the shorter the text,
the more difficult it is to achieve the phonemic bal-
ance. The text material of a one minute long PSTS is
composed of only 649 phonemes, grouped in 250 seg-
ments. The choice of the segments was determined by
different factors, e.g. speaker, position within a speech
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Table 2. Mean values, median and standard deviation of the fundamental frequency calculated for particular speech
recordings and for PSTS (original results) and ISTS (from HOLUBE et al. (2010)).

PSTS/Polish Recordings ISTS/
Median fo [Hz] | Mean fo [Hz] | o [Hz] | Median fo [Hz] | Mean fo [Hz] | o [Hz]
Speech-like test signal 211 216 37.5 195 196 43.0
All speakers 209 213 32.2 203 207 44.3
Speaker 1 201 204 24.8 194 201 45.1
Speaker 2 209 212 27.5 201 206 45.0
Speaker 3 209 217 41.4 204 208 54.6
Speaker 4 209 212 38.0 205 205 36.4
Speaker 5 219 220 29.2 207 209 34.8
Speaker 6 - - 208 210 49.7
a)
T T T T T T T T T T T T T T T T T T T T T T T T T T T T T T T T T T T T 1
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Fig. 8. a) Percentage content of individual phonemes in the recorded text compared to phonemes’ incidence model estab-
lished for Polish speech; b) percentage content of individual phonemes in PSTS and given by ZIOLKO et al. (2009).

phrase, duration, fundamental frequency. As one of the acteristic maxima, while the ISTS spectrum falls
aspects of the analysis it is worth noting that in PSTS smoothly in the corresponding frequency region.
the voiceless phonemes make 27% of all phonemes (in
the text recorded by the female speakers the percent-
age contribution of voiceless phonemes was 22.3%).

e According to the percentile analysis, PSTS con-
tains a greater number of soft speech fragments
than ISTS (the difference in 30th percentile values
amounting to 8 dB in the 500 Hz frequency band),
and — in the high-frequency region — greater num-
ber of loud speech fragments. This is related to
a relatively bigger variety of instantaneous SPL
values.

4. Conclusions

The results obtained and the comparative analy-
sis of ISTS and PSTS permit drawing the following
conclusions.

e The long-term averaged PSTS spectrum in the fre- e The crest factor (CF) for PSTS is by 4 dB higher
quency ranges 3—4 and 8-10 kHz shows two char- than for ISTS. Wider dynamic range of PSTS can
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be observed also in the results of percentile ana-
lysis.

e Having limited the pause duration in both signals
to 10 ms, two times higher percentage content of
voiceless speech fragments was obtained in PSTS
than in ISTS. It is not a surprising result because
one of characteristic features of Polish language is
a high content of fricatives and affricates sounds.

e The pauses in PSTS are more frequent and sta-
tistically longer as evidenced in the spectrograms.
Probably it is a consequence of a fluency of read-
ing by Polish female speakers — they read the text
slower than the speakers recording the texts for
ISTS.

e In ISTS the most frequent duration of continu-
ous speech fragments (1.6 s) is twice as long as
in PSTS of 0.6-0.8 s. The durations of continuous
speech fragments in PSTS are a bit shorter than
in natural speech, but their relative distribution
resembles that obtained from live-speech record-
ings.

e The mean value and median of the fundamental
frequency in PSTS are by 15 Hz higher than in
ISTS.

Similarities between PSTS and ISTS are revealed in
their comodulation patterns and spectrograms, which
exhibit prominent contours of the fundamental fre-
quency and formant transitions. The fact that the
above mentioned features are similar to the analogous
features of live speech indicates that both signals have
preserved the most important characteristics of live
speech. The differences between PSTS and ISTS re-
veal the influence of the language and point out the
specificity of Polish language.

The objective of the next planned research is to ver-
ify whether the differences between ISTS and PSTS are
significant enough to affect the effectiveness of hearing
aid fitting for Polish language speakers.

The problem considered in this study applies not
only to Polish language but also to many other lan-
guages not used for ISTS generation. Analogous stud-
ies for other languages could lead to development of
signals based on a given specific language or group
of languages, which would serve as local standards in
hearing aids fitting practice. To summarise, in the field
of hearing aid measurements, the need for one univer-
sal standard signal has been fulfilled by ISTS, but in
the field of hearing aid’s fitting, the signal that is used
should permit optimum intelligibility and thus com-
munication in the language that is most often used by
the aided person.
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