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Abstract—In this paper, the results of automated subjective assessment of Ukrainian speech intelligibility are presented. 
Speech monosyllables of the consonant-vowel-consonant (CVC) type were listened in two modes: through headphones and 
through acoustic monitors. The assessment was carried out with the help of specially developed software that allowed auto-
mating of articulation tests. Speech listening was done for four situations: pure language; speech distorted by noise; speech 
distorted by reverberation; speech distorted by the combined effect of noise and reverberation. In the first case, speech 
monosyllables of 3 articulation tables were listened, each of which contained 50 monosyllables. In the second case, speech 
distorted by the additive noise with the signal-to-noise ratios (SNR) varied in the range -15…+10 dB was listened. In this 
case, models of white, pink and brown noises were used, the masking properties of which are rather well-studied. In  
the third case, the reverberant speech for reverberation times in the range 0.3…2.7 s was modeled by convolution of pure 
speech signals with room impulse responces (RIRs) of various rooms, and in the fourth case the joint action of pink noise 
and reverberation was considered. It turned out that the masking ability of white noise exceeds one for brown noise for SNR 
less than minus 5 dB, which is not entirely consistent with preliminary predictive estimates. In addition, it turned out that 
listening to speech distorted by noise through acoustic monitors could lead to a significant increase in the speech intelligibil-
ity, compared to the case of listening through headphones. The analysis of possible causes of abnormal increase in speech 
intelligibility has been carried out. Early reflections, presence of two loudspeakers, binaural listening, psychophysical fea-
tures of listeners, as well as peculiarities of software and articulatory testing organization were considered as possible rea-
sons of the phenomenon. After correction of the software and some features of articulation tests it turned out that the results 
of the speech intelligibility estimation almost coincide when listening to the signals through the headphones and through 
acoustic monitors, if the distance between the listener and acoustic monitors does not exceed 0.6-0.8 meters. At the same 
time, these corrections did not differ in the behavior of the dependencies of speech intelligibility on the SNR for small (less 
minus 5 dB) SNR values The general conclusion may be that listening to speech signals distorted by noise and reverberation 
interferences, performed with the application of the proposed automated system of articulation tests, indicates the perfor-
mance and high quality of the developed system. 

Ref. 13, fig. 7. 

Keywords — automation of articulation tests; speech intelligibility; noise interference; reverberation interference; listening 
mode. 
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Fig. 1 Articulatory testing schemes: traditional (a) and with the use of 
PC (b) 

I. INTRODUCTION 
Speech intelligibility assessment is an important issue 

because high level of speech intelligibility need be  
ensured in communication channels, auditoriums and 
concert halls. At the same time, speech intelligibility need 
be low in rooms which are neighboring to meeting rooms 
[1-5]. 

Today, there are two approaches to measuring  
the speech intelligibility in communication channels: sub-
jective and objective (instrumental) [1], [2]. 

Recently, due to the saving of time, financial and  
human resources, considerable attention is paid to the ob-
jective approach that allows automating the measurement 
procedure. However, despite the disadvantages of  
the subjective approach, it continues to be used, since  
the results obtained with it are necessary for the calibra-
tion of objective measurement systems. 

Therefore, the task of automation of articulation tests 
(Fig. 1) is urgent, which will allow to speed up and facil-
itate the procedure of such tests as much as possible. 

Russian standard GOST R 50840-95 involves the use 
of computer technology and regulates articulation testing 
according to the scheme of fig. 1b. Unfortunately, 
Ukrainian engineers can not use this standard in  
the absence of appropriate software and therefore have to 
use the outdated standard of the USSR GOST 16600-72. 

The creation and testing of the articulation tables of 
Ukrainian words [3], [4] can be considered as a step  
towards the creation of a national standard that meets 
modern requirements. One of the shortcomings of [3], [4] 
is the lack of proposals for automating the procedure for 
articulation tests. Another disadvantage is the use of word 
tables, since it is known that the use of monosyllables  
tables provides higher reliability of tests [5]. It should 
also be noted that it was not sufficiently correct to listen 

to words distorted by noise through computer speakers, 
since the results obtained in this way can be influenced 
by the features of the rooms in which the tests were con-
ducted. Besides, there was no attempt to automate  
the procedure of subjective evaluation of the speech in-
telligibility in [3] and [4]. The disadvantages of works [3], 
[4] include also the uncertainty of the nature of the col-
ored noise generated by the generator ANG-2200 [6]. 
Meanwhile, the question of choosing the type of masking 
colored noise is important, because there is no clear  
answer regarding the masking capabilities of white noise, 
compared with pink and brown noises, for low SNR val-
ues. In [7], an attempt was made to investigate this issue 
by assessing the quality of speech signals distorted by col-
ored noise. However, the results obtained in this way are 
also not final, since the quality and intelligibility of 
speech signals are closely related but not identical con-
cepts. 

To eliminate these shortcomings, monosyllable artic-
ulation tables of the CVC type of the Ukrainian speech 
were proposed and a set of computer programs for  
the automation of articulation tests has been created [8]. 
It has been shown in [8] that listening to signals through 
acoustic monitors (computer speakers) can lead to much 
more high speech intelligibility than when listening 
through headphones. For example, in the case of acoustic 
monitors usage and noise interference action with SNR 
less than minus 5 dB, speech intelligibility was close to 
80-90%. At the same time, speech intelligibility was close 
to 10-30% for headphones case. A similar situation was 
observed in a situation of overwhelming reverberation. 
Thus, in the case of reverberation action, speech intelligi-
bility was close to 94% (instead of 65% for headphones) 
for 2.7 s reverberation time. These results can be  
explained partially by the action of early reflections in 
rooms [12, 13, 14]. At the same time, such a significant 
increase in the speech intelligibility can not be explained 
solely by the action of early reflections. 

The object of this paper is, firstly, to highlight the  
peculiarities of the organization of experimental studies, 
which were not sufficiently reflected in [8], and secondly, 
to make in-depth analysis of possible causes of above-
mentioned phenomenon of abnormally high speech intel-
ligibility growth. 

II. TEST ORGANIZATION 
Articulatory tables are an important element of artic-

ulation tests, on which the reliability of the result depends 
substantially. A fragment of articulation tables of stand-
ard 50840-95 intended for an unauthorized variant of  
articulation tests is shown in Fig. 2a. A similar piece of 
tables for an automated version of articulation tests is 
shown in Fig. 2b. As can be seen, the possibility of uncer-
tain perception by the listener of individual phonemes is 
provided in both types of tables. 

Given this feature, the tables of monosyllables from 
the standard 50840-95 were taken as the basis and nine 
prototypes of articulation tables were developed within 
the framework of the above project [8], where the possi-
bility of uncertain perception of individual phonemes was 
taken into account by presenting each table in two vari-
ants (Fig. 3). As can be seen from the comparison of Figs. 
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2 and 3, the proposed articulation tables were obtained by 
adapting into Ukrainian language the Russian-language 
tables, which are intended for a non-automated variant of 
articulation tests. 

Note that the articulation tables thus obtained should 
be considered as prototypes, since their creation does not 
fully take into account the phonetic features of  
the Ukrainian language. Thus, in particular, the difference 
between frequency characteristics of phonemes of 
Ukrainian and Russian languages was not taken into  
account, as well as the peculiarities of special phonemes 
as дж ‘dzh’ and дз ‘dz’. 

In the experimental tests of these tables and a set of 
computer programs, both clear (non-distorted) speech 
signals and signals distorted by noise and reverberation 
were used. 

The records of clear speech signals were made in  
a muffled room of the Department of Acoustics and 
Acoustoelectronics of the National Technical University 
of Ukraine "Igor Sikorsky Kyiv Polytechnic Institute". 
The Superlux ECM 999 microphone, the external PRE-
SONUS AudioBox USB sound card and the Audacity 
version 2.1.3 audio editor and recorder were used for  
recording. Verbal environment was used when reading 
monosyllables. For example, the рок /rok/ monosyllable 
was read as "Запишіть рок тепер" (“Write down rok 
now”). The recording was performed at 16 bits bit depth 
and 44100 Hz sampling rate. 

Listening was done for four situations: 

• Clear speech; 

• Speech distorted by noise; 

• Speech distorted by reverberation; 

• Speech distorted by the combined action of noise 
and reverberation. 

   

                                a                                                           b 

Fig. 2 Fragments of the standard 50840-95 tables, intended for 
non-automated (a) and automated (b) variants of articulation tests 

           

                        a                                                          b 

Fig. 3 First (a) and second (b) fragments of two variants of one of  
the developed articulation tables 

In the first case, listeners listened intermittently to 
sound recordings of 3 articulation tables, each of which 
contained 50 monosyllables.  

In the second case, monosyllables distorted by  
the additive noise with the SNR of -10 dB, 0 dB and 
+10 dB were listened. Models of white, pink and brown 
noises were used in this case. The masking properties of 
these noises are considered as rather well-studied [1]. 

In the third case, the reverberant speech for reverber-
ation times from 0.3 to 2.7 s was simulated by convolu-
tion of pure language signals with impulse characteristics 
of different rooms, and in the fourth case the case of joint 
action of pink noise and reverberation was considered. 

The simulation of the signals distorted by the additive 
noise and reverberation was performed according to  
the general algorithm: 

 )()()()( tnthtxty +⊗=  (1) 

where )(tx  is speech signal, )(th  is RIR, )(tn  is additive 
noise, ⊗  is convolution symbol. In the particular case of 
the action of an exclusively noise interference, the algo-
rithm (1) can be simplified: 

 )()()( tnktxty ⋅+= , (2) 

were )(05.0 010 SNRSNRk −= , )lg(10 nx DDSNR =  is  
the “initial” signal-to-noise ratio for the clean signal )(tx  
and the generated “initial” noise )(tn , xD  and nD  are 
the variances of the signal )(tx  and noise )(tn , respec-
tively, 0SNR  is the desired SNR for the mixture (2). 

In the case of a compatible noise and reverberation 
action, algorithm (1) is somewhat complicated in order to 
take into account the peculiarities of the RIR structure: 
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e

lg10= , where 
exD  is a variance of 

the signal )()()( thtxtx ee ⊗= . The parameters 0SNR  
and k  are then calculated in a manner analogous to that 
used in (2). 

In the process of articulation testing, the students had 
to fix, using a computer keyboard, perceived monosylla-
bles. This method of fixing the perceived information is 
fundamentally different from that offered in standard 
50840-95. This is done deliberately in order to maximally 
approximate the procedure and the results of articulation 
tests to the non-automated test version, which is appropri-
ate to consider benchmark in view of its original nature. 

заль          фиц         гет(д)ь      ра(б)пь 

ши(ы)н    чтаф(в)    буш(жь)   прёт(д) 

     __як/__ак         
     __юль/__уль         
     __ющ/__ущ         
     __ят/__ат         
     __вум 

заль    фіц    геть    рап 

шин    тав    бущ   прьот 

заль    фіц    хеть    раб 

шин    таф   бущ  прьод 
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                                                   a 

 

                                                b 

 

                                                  c 

Fig. 4 Estimates of intelligibility when listening through headphones: 
noise (a), reverberation (b), pink noise + reverberation (c) 

The processing of the obtained results consisted in 
evaluating the speech intelligibility by calculating  
the proportion of correctly recognized monosyllable.  
A properly recognized monosyllable was a fixed mono-
syllable, the symbolic composition of which fully coin-
cided with at least one of the set of text variants of  
the articulation tables. 

Experimental studies were carried out in two phases. 
At the first studies phase 26 students aged 22 were  
involved in listening. Listening to speech signals  
occurred through headphones. However, the three stu-
dents did their job with deviations from the task demands 

and listened signals through acoustic monitors (or 
through computer speakers, which in the future will also 
be called acoustic monitors for simplicity). Estimates of 
the speech intelligibility received by these three listeners 
were much higher than those for the remaining listeners. 
For example, in the case of noise interference, the speech 
intelligibility was 85%-93% for minus 10 dB SNR, while 
intelligibility was only 10%-30% when listening through 
the headphones [8]. 

One of the possible reasons of a significant increase 
intelligibility is the early reflection of sound in the room 
[9], [10], [11], [12]. However, there are other possible 
reasons, among which the most probable is the imperfec-
tion of the organization of experimental research and  
the imperfection of the developed software. Therefore, 
the main objective of the second phase of experimental 
research was to test the validity of the above assumptions. 
In the second phase, improved software was used, and 
new listener group was recruited, consisting of 20 stu-
dents aged 20. 

III. TESTING RESULTS AND THEIR DISCUSSION  

A. First phase of experimental research 
The first phase of experimental research was pilot-ori-

ented, since its main goal was to test developed software 
and organization of experimental analysis. 

Graphs of averaged estimates of speech intelligibility 
for signals distorted by noise and reverberation, for lis-
tening through headphones, are shown in Fig. 4. Similar 
results for listening via acoustic monitors are shown in 
Fig. 5.  

Comparison of graphs of Figs. 4 and 5 shows that  
the masking properties of noise and reverberation depend 
not only on the signal-to-noise ratio, the color of the noise 
and the reverberation, but can also depend significantly 
on the method of listening. 

Thus, in the case of noise interference, when changing 
the listening mode from listening through the headphones 
to listening through the acoustic monitors, the intelligibil-
ity increased from 10%-30% to 85%-93% in the case of 
SNR minus 10 dB (standard deviation of intelligibility es-
timates was close to 5% on average). This means that the 
SNR has increased by 17-20 dB when listening to signals 
through the acoustic systems, compared with listening 
through the headphones. 

The resulting gain of the signal-to-noise ratio is sur-
prising, since it is too large, although the fact of  
the growth of intelligibility is expected. Indeed, when lis-
tening to the noisy sound recorded in the "mono" mode 
through the acoustic system consisting of 2 emitters of 
sound, the direct sound signals from each emitter are 
practically coherent at the input of each ear, whereas  
the noise from the same emitters can be considered inco-
herent. 

Therefore, the SNR (for the direct sound action) at  
the input of each ear should increase by 3 dB compared 
to the use of headphones. 
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Fig. 5 Estimates of intelligibility when listening through acoustic 
monitors: noise (a), reverberation (b), pink noise + reverberation (c) 

In addition, early reflections of the sound in the rooms 
play an important role. It was shown in [9], [10], [11], 
[12] that SNR may increase by 6-9 dB due to the effect of 
early reflections. 

Finally, the gain of approximately 2-3 dB can be  
explained by binaural listening [12]. A simple summing 
up of these factors gives us a gain of 12-15 dB. This is 
already close enough to our 17-20 dB gain, although it 
does not get another about 3-5 dB. 

One of the probable reasons for this, quite significant, 
difference seems to be the presence of features of  
the organization of experimental research, namely: 

• incomplete consideration of the features of  
the Ukrainian language when creating articulation 
tables; 

• limited number of speakers; 

• not enough high quality audio version of articula-
tion tables; 

• insufficient number of text variants of articulation 
tables; 

• features of the software interface. 

Based on this, it is advisable in subsequent studies to 
eliminate these shortcomings and to check the validity of 
the assumption that listenineg of noisy signals through  
a pair of acoustic monitors in ordinary rooms cannot, as  
a rule, result in a SNR gain higher than 12-15 dB. 

At the same time, it should be assumed that another 
important factor may be the psychophysical state of  
the listeners. The reason for this assumption is that, with 
later repetitions of the experiment of listening to signals 
through acoustic monitors in one of the rooms where an 
abnormally high degree of intelligibility was obtained, 
the new intelligibility estimates were elevated but did not 
exceed 30%-40% for SNR minus 10 dB. The discussion 
with the listener of the possible causes of this fact showed 
that the first listening, where an abnormally high degree 
of intelligibility was obtained, took place in a state of sig-
nificant emotional upsurge. One way or another, but  
the hypothesis regarding this factor has the right to exist. 

Finally, it is also advisable in subsequent studies to 
analyze in detail the acoustic characteristics of the rooms 
in which the aforementioned abnormal increase in  
the intelligibility was obtained, in order to identify possi-
ble features of the geometry of these rooms. 

Returning to the situation of listening to the signals 
through the headphones, note that the graphs of Fig. 4a 
are in good agreement with the known results [1], [2], [7], 
[13] in the range of middle and high SNR values 
(0-10 dB). However, in the area of small SNR values (less 
than minus 5 dB), the masking property of white noise 
was better than that for brown noise. This contradicts  
the previous forecast estimates [1], [2], therefore it is also 
appropriate to further investigate the reasons for this dis-
crepancy. 

Regarding the effect of reverberation interference,  
expectations for reducing the speech intelligibility with 
the increase in reverberation time are confirmed. At  
the same time, we see that listening through monitors has 
also significantly enhanced the speech intelligibility. 
Thus, intelligibility has increased from 65% to 94% for 
the reverberation time of 2.7 s, and for the reverberation 
time of 0.3-2 s the intelligibility even exceeded one for  
a pure language by 1-3%. It should be noted that in this 
case, the standard deviation of the intelligibility estimates 
was quite large and close to 10%, which can be explained 
by the small number of listeners. 
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The analysis of intelligibility estimates for the case of 
the joint action of noise and reverberation also indicates 
a significant increase of the speech intelligibility when 
listening through acoustic monitors (the standard devia-
tion of intelligibility values does not exceed 10%). 

To summarize, we note that, based on the results of 
experimental studies, developed automated system of  
articulation tests can be considered workable. Regarding 
its quality, the analysis revealed a number of certain 
shortcomings and helped to formulate appropriate recom-
mendations for their removal: 

• when creating articulation tables, more attention 
should be paid to the phonetic features of  
the Ukrainian language; 

• before recording audio versions of articulation  
tables, it is necessary not only to properly adjust 
the hardware and software, but also to instruct and 
train the speakers carefully, warning them from 
underscoring the monosyllables by pausing or  
increasing the volume; 

• the number of text variants of articulation tables 
should be increased from two to three to better 
take into account the ambiguity of the auditory 
perception of some phonemes, as well as to  
increase the number of input variants of heard 
monosyllables from the keyboard; 

• sounding of monosyllables should be performed in 
a random manner, which will reduce the risk of 
storing of monosyllables by listeners; 

• it is necessary to make possible the correction of 
the results of input from the keyboard, as the lis-
tener's fatigue leads to an increase in the frequency 
of false keystrokes; 

• it is advisable to limit the amount of visual infor-
mation that is provided to the listener on the PC 
monitor after listening articulation tables, which 

will reduce the risk of improving the results due to 
analysis by the listener of his own mistakes. 

B. Second phase of experimental research 
The purpose of the second phase of the study was to 

correct the organization of research, as well as the imple-
mentation of software modifications, taking into account 
the recommendations formed on the results of the first 
phase of research. This correction and modification was 
made as follows: 

• the number of text variants of articulation tables 
was increased from two to three; 

• sounding of monosyllables was performed in  
a random manner; 

• it was made possible the correction by listeners of 
the results of input from the keyboard; 

• the amount of visual information provided to  
the listener on the PC monitor after listening artic-
ulation tables was minimized; 

• the same articulation tables were listened twice by 
every listener: through the headphones and 
through the acoustic monitors. 

Results of the second experimental phase are shown 
in Figs. 6 and 7. For noise interference, standard deviation 
of intelligibility estimates was close to 6% for case of 
headphones and to 10% for listening through acoustic 
monitors. For reverberation interference, the proper 
standard deviation values were close to 8% and 12%  
respectively. 

Comparing the graphs of Figs. 4 and 6 for case of lis-
tening to signals through the headphones, we see that  
the values of speech intelligibility practically coincide.  
A completely different situation is observed comparing 
Figs. 5 and 7 for case of acoustic monitors. As can be 
seen, shown in Fig. 7 intelligibility values are signifi-
cantly lower than ones of Fig. 5 and practically do not 
differ from the results for the case of listening to the sig-
nals through the headphones (Fig. 6). 

          

                                                   a                                                                                                         b 

Fig. 6 Estimates of intelligibility when listening through headphones for noise (a) and reverberation (b) interferences 
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                                                   a                                                                                                                  b 

Fig. 7 Estimates of intelligibility when listening through headphones for noise (a) and reverberation (b) interferences 

CONCLUSION 
Thus, we can conclude that performed correction of 

software and research organization proved to be construc-
tive. The results obtained indicate, firstly, that the organ-
ization of articulation tests and software features can sig-
nificantly affect the test results. 

Second, it is very important, in our opinion, to con-
clude on the practical coincidence of the results of listen-
ing through acoustic monitors and headphones. It should 
be noted, however, that the most likely reason for the co-
incidence was that the listeners are usually located 0.6-
0.8 meters from the acoustic monitors, and at such dis-
tances the reverberation effect of the room on the quality 
of the signal received by the listener is negligible [9]. 
Therefore, in the future, it is advisable to try articulating 
tests for larger distances between listeners and acoustic 
monitors, where the reverberation effect is more promi-
nent. This will allow reconciling the results with literary 
data on the importance of the role of early reflections in 
the room, which can lead to a significant increase in 
speech intelligibility. 

Finally, in the future, it is also advisable to investigate 
the degree of influence of the psychophysical state of  
the listener on the results of articulation tests. 

The general conclusion may be that listening to 
speech signals distorted by noise and reverberation inter-
ferences, performed with the use of the proposed auto-
mated system of articulation tests, indicates the perfor-
mance and high quality of the developed system.  

For small (less than minus 5 dB) signal-to-noise  
ratios, the incompleteness of the results obtained with  
the previous forecast estimates is revealed, which re-
quires further analysis of the phenomenon. 

Verification of the phenomenon of abnormally high 
speech intelligibility when listening to distorted signals 
through the acoustic systems showed that the most prob-
able cause of such anomaly is the peculiarities of  
the articulation tests organization and the features of soft-
ware.  

A practical coincidence of the results of listening 
through acoustic monitors and headphones for listeners 
located 0.6-0.8 meters from the acoustic monitors was ob-
served. In the future, it is advisable to try articulating tests 
for larger distances between listeners and acoustic moni-
tors, where the reverberation effect is more prominent. 
This will allow reconciling the results with literary data 
on the importance of the role of early reflections in  
the room. 

It is also advisable in the future to investigate  
the degree of influence of the psychophysical state of  
the listener on the results of articulation tests. 
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в порівнянні з прослуховуванням через навушники. В якості можливих причин цього явища розглянуто ранні від-
битки, наявність двох гучномовців, бінауральне прослуховування, психофізичні особливості слухачів, а також осо-
бливості програмного забезпечення та організації артикуляційних випробувань. Після корекції програмного забез-
печення та процедури артикуляційних випробувань виявилося, що результати оцінки розбірливості мови практи-
чно не відрізняються для обох способів прослуховування за умови, що відстань між слухачем і акустичними моні-
торами не перевищує 0,6-0,8 метра. У той же час виконана корекція не відбилася на поведінці залежностей розбір-
ливості мови від відношення сигнал-шум при малих (менших за мінус 5 дБ) значеннях відношення сигнал-шум. 

Бібл. 13, рис. 7. 

Ключові слова – автоматизація артикуляційних випробувань; розбірливість мови; шумова завада; ревербераційна 
завада; спосіб прослуховування. 
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