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 ABSTRACT In this paper, five objective measures of the quality of speech signals distorted by reverberation are 
compared with the Speech Transmission Index (STI). The main aim of the comparison is to further test and explain the 
reasons for the previously discovered phenomenon of an increase in the speech quality and intelligibility with increasing 
room size. The comparison is performed for three university classrooms of small, medium and large sizes. The 
correlation coefficients between the quality and intelligibility estimates of speech obtained for 5-6 points of each room 
are estimated. Speech signal quality is assessed using intrusive measures such as segmental signal-to-noise ratio 
(SSNR), log-spectral distortion (LSD), frequency-weighted segmental signal-to-noise ratio (FWSNR), bark spectral 
distortion (BSD), and perceptual evaluation of speech quality (PESQ). For BSD, high correlation coefficients (0.57-
0.99) are determined for rooms of all sizes and an increase in the correlation coefficient with the room size increase is 
found, which can be explained by a decrease in the density of early sound reflections. For FWSNR, high correlation 
(0.65-0.98) is determined for medium and large rooms. For PESQ, high correlation (0.96-0.99) is obtained for large 
classroom. SSNR and LSD are found to be uncorrelated with STI for rooms of all sizes. 
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I. INTRODUCTION 
HE volume of the room significantly affects its acoustic 
properties, which is manifested in changes in the shape and 

parameters of the room impulse response (RIR) [1]. Indeed, 
increasing the size of the room usually leads to an increase in 
reverberation time, a decrease in the average density of sound 
reflections, an increase in the time border between early 
reflections and late reverberation [1]. 

Finally, the volume of the room affects such speech 
perception indicators as the speech quality and speech 
intelligibility. These indicators are usually associated with the 
reverberation time T60 [2], which can be explained by the 
destructive effect of late reverberation, which increases with 
increasing reverberation time [3]. In part, the popularity of 
reverberation time as a measure of speech intelligibility can be 
explained by the relative simplicity of measuring reverberation 
time. Since the provision of quality and intelligible speech is 
especially important for primary school students and students 
with hearing loss, it is understandable that researchers are 
interested in finding ways to optimize reverberation time [4, 5]. 

The correlation between the parameters C50, EDT, T30 
values and STI values in different locations of university 
auditoriums of large, medium and small size, was studied in 
[6]. It was shown that C50 and EDT, in contrast to T30, can be 
used for measurement of speech intelligibility in different 
locations of a room. However, it was found that the use of EDT 
for speech intelligibility measurement can be problematic in 
small classrooms due to the insufficiently high level of 
correlation (approximately 0.5) of EDT values with STI values 
in different locations. Possible causes of the phenomenon were 
not mentioned in [6], although it would be appropriate to 
assume that some feature of early reflections in small rooms 
plays a role here. 

In general, it is believed that early sound reflections are 
useful because they provide high speech intelligibility [4, 7]. In 
[4], a conclusion was even made about the equivalence of the 
influence of early reflections and direct sound on speech 
intelligibility. However, the results of research presented in [8] 
do not agree with this conclusion and show that early 
reflections play a less important role, compared to direct sound, 
in ensuring high speech intelligibility. These results were not 
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thoroughly explained in [8], although in reality the explanation 
may not be very complicated. Indeed, given that the formation 
of early reflections is similar to the formation of a signal at the 
output of the comb filter [1], the quality of the signal generated 
by early reflections should be lower than the quality of the 
direct signal due to uneven frequency response of the virtual 
comb filter. Thus, the presence of early sound reflections can 
cause a mismatch between speech intelligibility and speech 
quality, when speech intelligibility increases and speech 
quality decreases. However, the conditions under which such 
disagreement takes place or under which it is violated have 
remained unexplored in [8]. 

STI score increase to 8–13% near the back wall of the room, 
compared to STI score in the room center, was shown in [6], in 
the study of speech understanding in different locations of 
university auditoriums. However, the statistical relationship 
between STI estimates and estimates of objective measures of 
speech quality has not been studied. It has only been suggested 
that there is such a relationship because of the information 
about the RIR is contained in both types of measures. 

This issue was partially solved in [9], where the correlation 
level between BSD, LSD, PESQ and STI was studied. RIRs for 
5-6 locations of three university classrooms, previously 
considered in [6], were used for experimental studies. For the 
BSD and STI, the correlation coefficient R was high in all 
auditoriums and was 0.92-0.98 for a large room, 0.8 for a 
medium room, and 0.6-0.99 for a small room. For the PESQ 
and STI, the correlation coefficient R was high (0.96-0.99) only 
for large classroom. LSD was found to be uncorrelated with 
STI for all rooms. These results indicate the existence of the 
phenomenon of the room size influence on the correlation level 
between the speech quality and speech intelligibility. However, 
the possible mechanism of this phenomenon was not 
considered in [9]. 

The objective of the paper is to find an explanation for the 
cause of the phenomenon of increasing speech quality and 
speech intelligibility with increasing room size. Another 
objective is to find quality measures competing with BSD that 
could simultaneously act as speech intelligibility measures in 
auditoriums of different sizes. 

II. PROBLEM STATEMENT 
Speech intelligibility is closely related to the content of the 
message and can therefore serve as a measure of the amount of 
information perceived by the listener [10, 11]. The quality of 
speech reflects the emotional reaction of a person to the 
distortion of the form of the speech signal, regardless of its 
content [12, 13]. 

The results of studies of noisy speech signals show that, as 
a rule, high-quality speech is simultaneously intelligible [13]. 
There are few exceptions to this rule. An example of such an 
exception is the communication line test, where the speaker’s 
pronunciation irritates the listener, resulting in a low subjective 
assessment of speech quality (MOS scale). At the same time, 
the subjective assessment of speech intelligibility performed by 
the articulatory method is also likely to be low. However, an 
objective assessment of intrusive speech quality will result in a 
high DMOS score if there is no significant signal distortion in 
the communication channel. Another example of high-quality, 
but incomprehensible, speech can be found in [13]. 

However, intelligible speech is not necessarily good. A 
well-known example is vocoder communication lines, where 
significant distortion of the waveform is considered acceptable 

[11]. Another example is the preliminary high-frequency 
filtering of signals, which allows increasing the efficiency of 
automatic speech recognition systems [14]. To increase the 
intelligibility of speech masked by intense noise, it is possible 
to use algorithms for intentional distortion of speech signals in 
the time or spectral domain, or in both domains at once [15]. 
Decreased intelligibility and quality of speech when using 
speech enhancement algorithms is a known fact [16]. Because 
people with hearing impairments are most sensitive to this 
phenomenon, the use of algorithms for intentional distortion of 
speech signals can significantly improve speech intelligibility 
[17]. Another way to increase speech intelligibility, while 
deteriorating its quality, is signal clipping used in hearing aids 
and cochlear systems [18]. 

The classroom, which is a kind of communication channel, 
can be roughly considered a linear system with a RIR, the 
envelope of which is similar to the descending exponent [1]. 
The presence of rather powerful discrete bursts in the initial 
RIR section, caused by early reflections of sound from different 
reflective surfaces of the room (walls, ceiling, floor, furniture, 
etc.), allows us to compare the room with a comb filter, which 
distorts the signal shape and reduces its quality and 
intelligibility. On the other hand, early sound reflections 
enhance the signal-to-noise ratio, which leads to increased 
speech intelligibility, especially noticeable in large audiences 
[4]. As can be seen, the question of the impact of early 
reflections on the relationship between speech quality and 
intelligibility in different sizes rooms is relevant. It should be 
noted that this issue has not yet received proper coverage in the 
scientific literature. 

The simplest and most direct way to answer this question is 
to compare objective estimates of speech quality and speech 
intelligibility, obtained using RIRs estimates of actual 
premises. Given that RIR estimates are different in different 
locations of the room, as well as taking into account the random 
nature of the measurement results, such a comparison is 
appropriate to perform by calculating the Pearson correlation 
coefficient. By comparing the correlation coefficient estimates 
obtained for rooms of different sizes, one can not only 
investigate the phenomenon of room size influence on the 
relationship between speech quality and speech intelligibility 
estimates, but also try to find a valid explanation for this 
phenomenon. 

III. EXPERIMENTAL SETUP 

A. ROOMS FEATURES 
There are various proposals for the classification of university 
classrooms by size. For example, in [19] it is proposed to 
consider small rooms with a volume of less than 230 m3, 
medium-sized rooms including those with a volume of 230-350 
m3, and large rooms with a volume of more than 350 m3. 

This paper presents the results of research that used binaural 
room impulse responses (BRIRs) estimates of small, medium 
and large auditoriums which volumes are 177 m3, 270 m3 and 
370 m3, respectively. In the future, these classrooms will be 
designated as rooms №1, №2 and №3, respectively. All 
classrooms are in the shape of a parallelepiped, which is typical 
of university premises. Auditoriums №1 and №2 belongs to 
NTUU "Igor Sikorsky Kyiv Polytechnic Institute" (Ukraine). 
Auditorium №3 belongs to RWTH Aachen University 
(Germany) [20]. The plans of these rooms are shown in Fig. 1. 
These plans indicate the locations of sound source and artificial 
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head. Two microphones were attached to the ears of the 
artificial head, which allowed to make two-channel recordings 
of test signals and use these recordings to assess the BRIRs. All 
rooms had parquet floors and brick plastered walls. The height 
of all rooms was close to 3.1 m. 

The influence of furniture on the results of acoustic 
measurements was not taken into account in this paper. An 
assessment of the degree of such influence was beyond the 
scope of this paper and should be done in the future. 

EDT and T30 reverberation time values were estimated 
according to ISO 3382-1 [2]. The values of T30, averaged over 
the channels and all locations of the artificial head, were close 
and amounted to 0.82 s, 0.91 s and 0.81 s for rooms №1, №2 
and №3, respectively. The values of EDT, similarly averaged, 
differed more significantly and were 1.11 s, 0.82 s and 0.68 s 
for rooms №1, №2 and №3, respectively [6]. 

B.  TEST SIGNALS AND RECORDING EQUIPMENT  
The basic element in the construction of the test signal was a 
maximum length sequence (MLS) signal containing 216 
samples [20]. The test signal was created by repeating this basic 
element 17 times. The RIR was calculated by averaging the last 
16 bursts of the cross-correlation function between the 
microphone output signal and the test signal, which increased 
the signal-to-noise ratio by 12 dB [20]. 

Recording of test mls-signals in classrooms №1 and №2 
was performed with a sampling frequency of 44.1 kHz and a 
quantization depth of 24 bits using household and semi-
professional electroacoustic equipment. The equipment 
included an active speaker Genius SP-HF 2.0 500 and 
measuring condenser microphones Superlux ECM-999, which 
were attached to the ears of a homemade artificial head. At the 
stage of BRIR assessment, the frequency response non-
uniformity of the measuring system was compensated. 

 

 
a                                          b 

 
c 

Figure 1. Locations of sound source and artificial head for 
small (a), medium (b) and large (c) auditoriums 

BRIR estimates for auditorium №3 are borrowed from [20]. 
In this case, the measurements of BRIRs were performed using 
professional audio equipment. 

C.  SPEECH SIGNALS 
The records of 8 speakers (4 women and 4 men), who read the 
same legal text, were used for objective assessment of the 
signal quality. The duration of the analyzed signals was 15 s, 
the sampling frequency was 22050 Hz, the bit depth was 16 
bits. Note that this duration was chosen taking into account the 
fact that it was sufficient to have a signal duration of 10-15 s 
for subjective evaluation of signal quality on the DMOS scale 
[12]. However, other combinations of the speaker’s number N 
and the signal duration L are additionally considered in this 
paper: 

 N = 8, L = 60 s; 
 N = 12 (6 women and 6 men), L = 15 c. 

The purpose of considering such combinations is to assess 
the sensitivity of research results to changes in research 
conditions. 

D.  SIGNAL PROCESSING 
Signal processing was performed in three stages: 

 for each location of each of the rooms, the values of 
speech quality measures were evaluated, such as 
SSNR, BSD, LSD, PESQ and FWSNR; 

 for each location of each of the rooms, the values of 
the STI were assessed; 

 for each of the rooms, Pearson’s correlation 
coefficients were calculated between SSNR, BSD, 
LSD, PESQ, FWSNR and STI values, which 
corresponded to the sets of locations of each 
classroom. 

Evaluation of the quality of the speech signals distorted by 
reverberation was performed in two stages: 

 the signal  ( ) ( ) ( )y t x t h t   was formed,   is 

convolution symbol,  ( )x t  is clear speech signal,   

( )h t is BRIR; 

 the quality measures SSNR, BSD, LSD, PESQ and 
FWSNR values were calculated. 

SSNR value was calculated as follows [13]: 
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( , )x n m  and ( , )y n m  are n -th samples of m -th frame of clear 

signal ( )x n  and distorted signal ( )y n , respectively, M  is 

frames quantity, S  is frame samples quantity. 
LSD value [13] was calculated using the amplitude spectra 

of the signal frames 
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( , )X j m  and ( , )Y j m  are amplitude spectra of m -th frames 

of signals ( )x n  and ( )y n , respectively,   is module symbol, 

j  is spectrum sample number, J  is quantity of  spectrum 

samples. 
FWSNR value [13] was also calculated using the amplitude 

spectra of the signal frames 
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where k  is critical band number, K  is critical band quantity, 
| ( , ) |X k m  is amplitude spectrum of m -th frame of clear 

signal, calculated using a Gaussian window, 
0.2( , ) | ( , ) |W j m X j m  is weighting factor. 

BSD value [13] was calculated as follows 
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where ( , )xB k m  and ( , )yB k m  are bark spectra of m th frames 

of ( )x n  and ( )y n , respectively. 

The description of the PESQ calculation algorithm in this 
paper is not given due to its cumbersomeness. Note that the 
PESQ wideband version was used [13, 21]. 

STI evaluation [22] was performed according to 
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where k  and k  are weight and redundancy coefficients 

[22], respectively, ( )kh t  obtained by octave filtering BRIR 

( )h t , 1,7k   is octave filter number, iF  = 0.63–12.5 Hz. 

Octave filters with center frequencies 0 125, ,8000f    Hz 

are used here. 
Pearson’s correlation coefficients R between SSNR, BSD, 

LSD, PESQ, FWSNR and STI were calculated according to 
standard rules [23]. 

IV. EXPERIMENTAL RESULTS 

A. QUALITY, INTELLIGIBILITY AND CORRELATION 
ESTIMATES 
The results of the evaluation of the quality measures BSD, 
FWSNR and PESQ, provided that the duration of the speech 
signal is L = 15 s, and the total number of speakers is N = 8, 
are shown in Figs. 2, 3 and 4, respectively. These results are 
graphs of the above parameters estimates dependence on the 
numbers of points where the artificial head was located. Graphs 
of SSNR and LSD estimates are not given in this paper because 
they do not correlate with STI estimates (Table 1) and are 
therefore not informative. STI estimates are shown in Fig. 5.  

a) 

b) 

c) 

Figure 2. BSD score vs point number: small (a), medium (b) 
and large (c) classrooms 
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a) 

b) 

c) 

Figure 3. FWSNR score vs point number: small (a), medium 
(b) and large (c) classrooms 

Estimates of the correlation coefficients R  between SSNR, 
BSD, LSD, PESQ, FWSNR and STI are given in Fig. 6 and in 
Table 1. These results indicate a close correlation between STI 
and BSD estimates for all studied rooms. Besides, the 
correlation level increases with the auditorium size. As can be 
seen, 0.57R    for left channel and 0.99R    for right 
channel in the case of small classroom.  

a) 

b) 

c) 

Figure 4. PESQ score vs point number: small (a), medium (b) 
and large (c) classrooms 

 
For medium and large rooms, R values for pair STI-BSD 

are close to minus 0.8 and minus 0.92-0.98, respectively. The 
correlation between FWSNR and STI is also high, except for 
small rooms (0.17 for left channel and 0.79 for right channel).  
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a) 

b) 

c) 

Figure 5. STI score vs point number: small (a), medium (b) 
and large (c) classrooms 

 
A high level of correlation for the PESQ-STI pair occurs 

only for a large auditorium. 

a) 

b) 

c) 

Figure 6. R values for small (a), medium (b) and large (c) 
classrooms 

As can be seen, the BSD can be used as a measure of speech 
intelligibility in auditoriums of various sizes, provided that the 
effect of noise is smaller compared to the effect of 
reverberation. The FWSNR measurement can also be used to 
evaluate speech intelligibility in large and medium-sized 
rooms. However, the suitability of FWSNR for use in small 
classrooms is questionable and should be further tested. The 
use of PESQ as a measure of speech intelligibility is only 
possible in large classrooms. The SSNR and LSD measures 
turned out to be practically unsuitable as indicators of speech 
intelligibility. 
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Table 1. Values of correlation coefficient R 

Pair Channel Room 1 Room 2 Room 3 

SSNR-STI 
L -0.760 0.055 -0.136 
R -0.604 0.351 0.050 

LSD-STI 
L -0.564 0.367 -0.585 
R 0.216 0.146 -0.198 

BSD-STI 
L -0.569 -0.801 -0.922 
R -0.990 -0.795 -0.983 

FWSNR-STI 
L 0.168 0.841 0.929 
R 0.788 0.651 0.977 

PESQ-STI 
L -0.542 0.302 0.986 
R -0.304 0.250 0.958 

 
Analysis of the mapping from BSD to STI estimates (Fig. 7) 

for the left channel (the mapping is similar for the right 
channel) shows that the linear approximation of the relation 
between BSD and STI is acceptable for practical application. 
Indeed, an error 2er  of the second-order polynomial STI (BSD) 

dependency approximation is of the same order as the linear 
approximation error 1er  (Fig. 7). If the linear dependence STI 

(BSD) is described by the expression 0 1STI a a BSD   , then 

the coefficient 0a  values are 0.65, 0.71 and 0.81 for the left 

channel, and coefficient 1a  values are minus 0.57, minus 0.44 

and minus 1 for rooms №1, №2 and №3, respectively. 
Similarly, for right channel, coefficient 0a  values are 0.79, 

0.68 and 0.88, and coefficient 1a  values are minus 0.88, minus 

0.33 and minus 1 for rooms №1, №2 and №3, respectively. It 
is clear that these values are approximate due to the small 
number of seats in each of the premises, as well as due to the 
small number of considered premises. Therefore, in the future 
it will be appropriate to clarify the values of these coefficients 
by increasing the amount of statistics. 

B. ROBUSTNESS OF OBTAINED RESULTS 
Since the above estimates of R were obtained for a certain 
amount of data, it is advisable to check the stability of R 
estimates to the increased volume of statistics. 

Graphs of estimates R for conditions N = 8, L = 60 s are 
shown in Fig. 8, and similar graphs for conditions N = 12, L = 
15 s are shown in Fig. 9. 

Comparing Figs. 6, 8 and 9, it is easy to conclude that the 
initial conclusions about the nature and degree of correlations 
between objective assessments of the quality and intelligibility 
of speech remain unchanged: 

 intrusive estimates of speech quality BSD, formed 
taking into account the peculiarities of the human 
auditory system (critical frequency bands, Weber-
Fechner law, etc. [24]), correlate with STI estimates 
for classrooms of all sizes, and the degree of 
correlation increases with increasing room size; 

 the FWSNR and STI estimates does not correlate in 
the case of small premises, and the correlation of STI 
and PESQ scores is high only in large rooms; 

 intrusive estimates of speech quality in the form of the 
mean squared error in the time (SSNR) or spectral 

(LSD) domains, almost do not correlate with STI 
estimates. 

a) 
 

b) 
 

c) 
 

Figure 7. Mapping from BSD to STI for small (a), medium (b) 
and large (c) classrooms 
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a) 
 

b) 
 

c) 
 

Figure 8. R values for small (a), medium (b) and large (c) 
classrooms for N = 8, L = 60 s 

 

V. DISCUSSION 
As noted above, SSTI or LSD estimates, unlike BSD, FWSNR, 
and PESQ estimates, do not correlate with STI estimates. This 

fact agrees well with the well-known criticism of the use of a 
mean squared error as a speech quality measure [13]. 

a) 

b) 

c) 

Figure 9. R values for small (a), medium (b) and large (c) 
classrooms for N = 12, L = 15 s 

Insufficiently high efficiency of PESQ as an indoor speech 
intelligibility measure compared to BSD and FWSNR 
estimates can be explained by the fact that the PESQ measure 
was designed originally to solve another problem, namely, end-
to-end quality testing of speech codecs and telephone networks 
[21]. However, it should be noted that the developers of PESQ 
have shown the ability to use PESQ as a speech intelligibility 
measure in low bit rate vocoders [25]. 

As it turns out, BSD is slightly better than FWSNR at 
estimating speech intelligibility in rooms of any size. This fact 
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can be explained by a more complete consideration of the 
human auditory system properties in the BSD calculations 
algorithm [13, 26]. 

It is more difficult to explain the phenomenon of increasing 
correlation coefficient R between BSD and FWSNR scores and 
STI score with increasing room size. 

Previous studies have shown a similar behavior of the 
correlation coefficient between EDT and STI estimates when R 
estimates were minus 0.52, minus 0.94 and minus 0.93 for 
rooms №1, №2 and №3, respectively [6]. The average, by 
channels and locations of each room, EDT values were 1.11 s, 
0.82 s and 0.68 s, and STI values were 0.4, 0.52 and 0.58 for 
rooms № 1, №2 and №3, respectively [6]. 

Since EDT characterizes the behavior of RIR in the initial 
time interval, the above results can be interpreted as an increase 
in R with increasing room size caused by the action of early 
sound prints. 

Indeed, in box-shaped rooms, the density of reflections 
perceived by the listener at a certain point in time t  is inversely 
proportional to the volume of the room V  [1] 
 

3 24
( )

c t
d t

V


 ,                               (6) 

 
340c   m/s is speed of sound in the air. A simplified model of 

early reflections in the form of a pulsed flow was considered in 
[26] 
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where na  and nt  are random variables distributed according to 

a uniform law ( 0 1na  , 600 nt T  ), P  is the number of 

pulses in the time interval 60[0, ]T , 3
60ln(10 ) T   is parameter 

that determines the rate of attenuation of RIR. Shown in Fig. 10 
graph of STI dependence on early reflections mean density 

60Density P T  indicates a decrease in intelligibility with 

increasing number of early reflections from 2 to 16 in the time 
interval from 0 to 50 ms [26]. 

Indeed, it is easy to calculate that on the segment of 50 ms 
(interval of existence of early reflections) the reflections 
density values of 40, 80, 160 and 320 Hz, shown in Fig. 10, 
corresponds to the number of reflections 2, 4, 8 and 16, 
respectively. Further increase in the density of early reflections, 
as shown in [26], does not change the value of STI. Given (6), 
(7), the graph of Fig. 10 and the proximity of T30 values in 
rooms №1, №2 and №3, one can conclude that the increase in 
R with increasing room volume is caused by a decrease in the 
density of early reflections. Physically, this phenomenon can 
be explained by the fact that with a decrease in the early 
reflections density, the shape of the speech signal is less 
distorted, which means that both intelligibility and signal 
quality increase.  

It follows that the decorrelation of speech quality and 
intelligibility assessments in small audiences is due to the high 
density of early reflections. Physically, such a decorrelation is 
quite difficult to explain. It can only be noted that its presence 
is consistent with many of the above examples, when the 
speech signal may be intelligible, but poor quality. However, 
the correctness of the assumption about the primary role of 
early reflections can be verified by conducting the following 
experiment. 

 

Figure 10. STI vs mean density of early reflections [26] 

Let us compare the values of the correlation coefficient R, 
calculated for complete BRIR, with the values of R for early 
reflections (the initial part of the BRIR lasting 50 ms) and the 
values of R for late reverberation (only BRIR’s tail after 50 
ms). The results of R calculations for these cases are presented 
in Table 2 for the most informative measures BSD and 
FWSNR. 

Table 2. Values of correlation coefficients for BRIR and 
its parts 

Pair BSD-STI FWSNR-STI 
Room 1 2 3 1 2 3 

Full 
L -0.57 -0.80 -0.92 0.17 0.84 0.93 
R -0.99 -0.79 -0.98 0.79 0.65 0.98 

Early 
L -0.23 -0.77 -0.88 -0.16 0.77 0.91 
R -0.56 -0.72 -0.95 0.37 0.63 0.96 

Late 
L 0.66 -0.38 0.21 -0.28 0.27 -0.04 
R 0.21 -0.39 -0.21 0.15 0.30 0.20 

 
Comparing the values of R in the rows "Early" and "Late" 

with those in the row "Full", one can see that the main role in 
ensuring the correlation of quality and intelligibility estimates 
is played by early reflections. 

It will also be useful to search a connection between the 
results of this paper and the results of the analysis of the hearing 
system [27] and its model [28]. 

VI. CONCLUSIONS 
The main objective of the paper is to test and explain the 

reasons for the previously discovered increase in the quality 
and intelligibility of speech with an increase in the size of the 
room. The degree of correlation between the quality estimates 
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SSNR, BSD, LSD, PESQ and FWSNR and intelligibility 
estimate STI is determined for different sizes university 
auditoriums. It is shown that correlation is high between BSD 
and STI estimates in all sizes premises. For FWSNR and STI 
estimates, the correlation level is high for large and medium 
auditoriums and is moderately high for small auditoriums. For 
PESQ and STI estimates, the correlation level is high only for 
large auditoriums. SSNR and LSD measures are non-correlated 
with STI estimates for all sizes auditoriums. The possibility of 
linear approximation of STI(BSD) dependence is shown, and 
also approximate values of coefficients of such approximation 
are specified that is useful for engineering applications. 

The revealed phenomenon of increasing speech quality and 
speech intelligibility and also increasing correlation between 
quality and intelligibility estimates with increasing room size 
can be explained by the decrease in the density of early sound 
reflections. 

Due to the limited number of auditoriums studied, it is 
advisable to further refine the results by increasing the number 
of rooms in which BRIR measurements are taken. 
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