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ABSTRACT* 

Learning environments deserve optimal acoustics to support 
speech communication, especially at the first stages of 
schooling. To guarantee an adequate sound environment for 
educational facilities, the control of background noise and 
the reduction late reverberation constitute two of the main 
intervention strategies at the designing stage. Both in the 
case of new construction and renovation of schools, 
prediction models for speech intelligibility can be used as 
evaluation tools to assess the efficacy of acoustic 
treatments. This work presents the results of the application 
of two versions of the Binaural Speech Intelligibility Model 
(BSIM) to a real primary school classroom that underwent 
an acoustical renovation. The BSIM versions mainly 
differed in the pre-processing of the speech signal, where 
the energy of the late reflections was either considered as 
detrimental to speech intelligibility or not. The acoustic 
renovation complied with the UNI 11532-2 standard, as 
objective measures of reverberation time decreased while 
speech clarity and definition increased, as expected. The 
BSIM gave outcomes in terms of speech recognition 
thresholds, considering the effect of increasing talker-to-
listener distance and of the binaural spatial release from 
masking due to the separation of noise- and speech-sources. 
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1. INTRODUCTION  

The speech communication process is comprehensive of the 
premises pertaining to the talker and to the listener, which 
are supported and determined both by personal and by 
environmental characteristics [1]. In this framework, speech 
intelligibility is a main issue to be ensured in the built 
environment in order to support the transmission of verbal 
messages towards a listener. When the speech 
communication process takes place in teaching and learning 
environments, i.e., in classrooms, ensuring a high level of 
speech intelligibility turns into higher academic 
performances and into adequate cognitive support also 
towards disadvantaged subjects (e.g., young pupils, students 
with cognitive- or hearing-impairment) [2-5].  
The main strategies to guarantee high speech intelligibility 
levels are related to the reduction of reverberation time and 
noise, and to the increase of speech clarity and definition [6-
9]. However, these well-established acoustic indices to be 
controlled are mainly monoaural, thus do not reflect 
consistently the auditory task that benefits from the binaural 
listening. Indeed, the listening task in everyday life 
environments happens binaurally and the effect of the 
spatial distribution of target- and noise-sources, as well as 
the acoustic characteristics and the finishes in the 
environment, determine its greater or smaller complexity. 
Cherry [10] conceptualized the “cocktail party 
phenomenon” as the ability of a listener to discriminate a 
target signal in a noisy environment when noise sources are 
spatially distributed around the listener. There is a point 
where a listener benefits more from the so-called spatial 
release from masking (SRM) as the target- and noise-
sources come to be spatially separated (i.e., in a azimuth 
range that is between about 120° and 135°) rather than 
when they are spatially co-located (i.e., at 0° or 180°) 
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[11,12]. In normal-hearing listeners, the SRM can be 
quantified in a speech intelligibility increase up to 12 dB in 
speech recognition thresh-old (SRT), which is intended as 
the signal-to-noise ratio (SNR) needed to yield 50% of 
correct recognition [11,13]. Such SRM turns to be 
significantly lower in reverberant environments due to the 
detrimental effect of reflections on the target signal as well 
as on noise and also in the case of increasing target-to-
receiver distance [14-16]. Therefore, studies thank account 
from complex acoustic scenarios in terms of a large variety 
reverberation levels and of noise typologies (i.e., energetic 
or informational masking signals) are extremely needed. So 
far, complex acoustic scenarios have been investigated in 
the scientific literature primarily at a laboratory level in 
which reverberation and noise are artificially added [17,18] 
or based on prediction models [19,20]. Beutelmann et al. 
[21] and Rennies et al. [14] have implemented and further 
extended a binaural speech intelligibility model (BSIM) that 
is accurate for speech intelligibility predictions in noisy and 
reverberant environments. However, the steps available in 
[21] are not accurate in estimating the effect of detrimental 
reflections at large distances of target and receiver, therefore 
a further implementation by [14] was proposed.  
In this work, the application of the BSIM to real complex 
acoustic scenarios is proposed. In field binaural room 
impulse responses (BRIRs) were measured and auralized in 
the model. Several challenging target- and noise-sources 
positions were designed in a primary school classroom that 
undergone an acoustical treatment, in order to evaluate by 
means of BSIM the effect of acoustics on binaural speech 
intelligibility before (ante-operam, AO) and after (post-
operam, PO) the acoustic optimization. In terms of room 
acoustics parameters, reverberation time (T20), speech 
clarity (C50) and speech definition (D50) were derived 
from the monaural room impulse responses measured both 
in AO and PO conditions, and then were put in relation to 
the SRTs predicted using the BSIM. Particularly, the 
efficacy of the acoustic treatment was evaluated in terms of 
ΔSRT separately between the AO and the PO conditions, 
and using both the approaches proposed by Beutelmann et 
al. [21] and Rennies et al. [14] in order to establish which 
model could better reflect the modeling of real complex 
acoustic scenarios, thus could constitute a more robust tool 
for practitioners even at an early design stage.  

2. METHODOLOGY 

2.1 Case study  

In a school building that dates back to the early XX century, 
one classroom undergone an acoustical treatment. From a 

geometrical point of view, it has a rectangular plan of about 
56 m2 and a constant height of 4.6 m. The classroom is 
placed at the ground floor of the building and presents three 
big windows that face a trafficked street. The floor is 
finished with Venetian tiles. Before the acoustical 
treatment, i.e., ante operam (AO), the lateral walls and the 
ceiling of the classroom are finished with plaster; after the 
acoustical treatment, i.e., post operam (PO), glassfiber 
absorptive panels with absorption coefficient at 0.5-1 kHz 
equal to 1.00 and to 0.95 were positioned on the lateral 
walls and on the ceiling, respectively.  

2.2 Room acoustic measurements  

Measurements in the classroom, both in AO and PO, were 
performed considering a simulated occupied condition. To 
do this, 100% polyester fiber panels were dimensioned to 
simulate the presence of 23 pupils seated, which results in 
0.35 m2 at 1 kHz, based on the findings of Astolfi et al. [22] 
and Puglisi et al. [1]. The measurement session in the 
classroom was organized to answer to two main questions. 
First, to characterize the room AO and PO by means of 
monoaural acoustic parameters in agreement with the 
standards. Second, to acquire the binaural room impulse 
responses (BRIRs) to be added in the binaural speech 
intelligibility model (BSIM) for speech intelligibility 
predictions under the different acoustic treatments of the 
classroom and spatial configurations. 
Monoaural measurements were performed in agreement 
with the EN ISO 3382-2:2008 standard [23]. A directional 
sound source that embeds the directivity of human voice 
(TalkBox by NTi Audio) and a calibrated class-1 sound 
level meter (XL2 by NTi Audio) were used to this aim. 
Particularly, the sound level meter was placed at 1.2 m from 
the floor in several positions in the room, according to 
Minelli et al. [7], and was used to record the exponential 
sine sweep signals emitted by the TalkBox; then, room 
impulse responses were obtained after applying a 
deconvolution process. Room acoustics parameters were 
evaluated based on the thresholds and optimal ranges 
suggested in the Italian standard UNI 11532-2:2020 [24]. In 
particular, optimal values/ranges were calculated for 
reverberation time (T20, s) between 0.125 kHz and 4 kHz, 
for speech clarity (C50, dB) between 0.5 kHz and 2 kHz 
and for speech definition (D50, %) between 0.5 kHz and 1 
kHz. The optimal values/ranges for the considered room 
acoustics parameters are shown in Table 2 together with the 
AO and PO characterization results. 
Binaural measurements regarded the acquisition of BRIRs 
in challenging spatial configurations. A target source (T), a 
masking noise source (M) and a receiver (R) were mutually 
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positioned in the classroom to consider both beneficial 
spatial configurations and detrimental ones, according to the 
available literature in the field. T consisted in the same 
TalkBox described above, which was placed at 1 m from 
the rear wall on the central axis of the classroom and at a 
height of 1.5 m from the floor in order to mimic the typical 
position of a teacher in the classroom. M consisted in a 
Larson Davis Omnidirectional sound source. It was 
positioned at 1.5 m from the floor in several even positions, 
which varied in azimuth and in distance with respect to the 
receiver’s ears. R consisted in a Brüel & Kjær (B&K) Head 
and Torso Simulator (HaTS) placed at 1.5 m from the floor 
and at increasing distances from T (i.e., at 1.5 m, 4.0 m and 
6.5 m). Table 1 summarizes the positioning of T, M and R 
in the classroom: these configurations were equally used in 
AO and PO conditions.  

Table 1. Classification of target- and noise-sources in 
the classroom, with details on the mutual positioning 
and identification codes (ID).  

ID Noise-source 
distance  

Noise-source 
azimuth 

Spatial 
positioning 

of noise 
R1 – target-to-receiver distance = 1.5m 
M1m,120° 1 m 120° separated 
M2.5m,120° 2.5 m 120° separated 
M1m,180° 1 m 180° co-located 
M2.5m,180° 2.5 m 180° co-located 
M5m,180° 5 m 180° co-located 
R2 – target-to-receiver distance = 4.0m 
M1m,120° 1 m 120° separated 
M2.5m,120° 2.5 m 120° separated 
M1m,180° 1 m 180° co-located 
M2.5m,180° 2.5 m 180° co-located 
M1m,0° 1 m 0° co-located 
M2.5m,0° 2.5 m 0° co-located 
R3 – target-to-receiver distance = 6.5m 
M1m,120° 1 m 120° separated 
M1m, 0° 1 m 0° co-located 
M2.5m,0° 2.5 m 0° co-located 
M5m,0° 5 m 0° co-located 

2.3 The Binaural Speech Intelligibility Model  

The BSIM was implemented to assess speech intelligibility 
in terms of SRTs in different types of environment, which 
can be characterized even by high reverberation time and 
noise. The work flow of this prediction model is accurately 

described in Beutelmann et al. [21], and its further updates 
in Rennies et al. [14].  
Basically, the BSIM convolves BRIRs, which can be either 
measured in field or simulated, separately with anechoic 
speech and noise signals. As noise signal, it was used the 
speech-shaped noise of the Italian matrix sentence test 
[25,26]. What happens after a series of steps that 
manipulate the convolved signals (i.e., a gammatone 
filterbank, an Equalization-Cancellation, an equalization in 
frequency per interaural differences in level and time), as 
detailed in [14,21], the speech intelligibility index (SII) is 
used to weight the signal-to-noise ratio (SNR) with the aim 
of replicating the human perception of speech. Eventually, 
the SNRs are integrated in frequency and scaled to an index 
that ranges between 0 and 1, so that the SII values could be 
related to the SRTs that are then used as results. This latter 
step of mapping SII values to SRTs can be performed only 
as a consequence of an appropriate calibration of the model. 
Such calibration process is based on the selection of an 
empirical SRT measured in anechoic conditions and with 
co-located target and noise sources. Therefore, among those 
available in the set of AO and PO configurations, as a 
reference condition it was selected a PO condition (i.e., with 
very short reverberation time) with the close target-to-
receiver distance and with the noise source co-located 1 m 
behind the listener. Further details on the calibration 
procedure can be found in [14,21,27]. 
The method and calibration process described above are the 
bases of both BSIM versions formalized by Beutelmann et 
al. [21] and Rennies et al. [14]. However, they exhibit a 
substantial difference in the pre-processing of the target 
speech signal. In Beutelmann et al. [21] the detrimental 
effect of the late reflections on the speech signal itself is not 
accurately accounted. Viceversa, Rennies et al. [14] 
proposes an approach that allows for the separation of the 
BRIR that is convolved with the target signal into an early 
part (≤100ms) and then into a late part (>100ms). After this 
separation, the target signal is convolved with both parts of 
the BRIR and the one convolved with the late part is added 
to the noise signal, so that the late reflections that still 
belong to the target but that are detrimental for speech 
intelligibility are thus considered not as useful signal. 

3. RESULTS  

3.1 Effect of the acoustic treatment  

The acoustic treatment of the classroom resulted in room 
acoustics parameters that meet the optimal values/ranges 
proposed in UNI 11532-2:2020 [24]. Table 2 shows the 
compared outcomes of the monoaural measurements in 
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terms of reverberation time, speech clarity and speech 
definition (each averaged in frequency as suggested in the 
standard).  

Table 2. Room acoustics parameters measured in 
before and after the acoustic treatment of the 
classroom. Optimal values/ranges are indicated; 
standard deviations are shown in parentheses and 
values that agree with the optimal ones proposed in 
the standards are written in italic.  

 Optimal 
value/range 

Ante-
Operam 

Post-
Operam 

T200.125-4kHz (s) ~0.5 1.6 (0.1) 0.6 (0.1) 
C500.5-2kHz (dB) ≥2.0 -0.1 (2.1) 11.4 (3.7) 
D500.5-1kHz (%) ≥86 44 (12.8) 90 (5.0) 
 

3.2 Results of the Binaural Speech Intelligibility Model  

As SRTs are expressed in terms of SNR, it means that the 
lower they are the better it is. To the aim of this study, the 
BSIM results were elaborated in terms of differences in 
SRTs between AO and PO conditions (ΔSRT). Therefore, 
values higher than 0 mean that the PO condition with 
shorter reverberation time and higher speech clarity and 
definition provide benefits to the speech recognition ability. 
Table 3 shows the ΔSRTs as results of the BSIM 
predictions performed both with the Beutelmann et al. [21] 
method and the Rennies et al. [14] one. As a general 
comment, it clearly appears that speech intelligibility 
benefits from the acoustical treatment of the classroom, as 
ΔSRTs are always positive values.  
In the cases of those spatial configurations with a separated 
noise source and for all the target-to-receiver distances, the 
benefit of acoustical treatment in the classroom is the 
highest and ranged between ~9 dB SNR and ~17 dB SNR.  
Comparing the findings of the two prediction models, it is 
evident that the ones obtained with the model of Rennies et 
al. [14] are higher on average, which means that a greater 
difference in SRTs was found between the AO and PO 
conditions. Prediction models do not allow for the 
obtainment of results variability. However, if an intrinsic 
variability of the model is considered in terms of just 
noticeable level differences (JND), as suggested in the EN 
ISO 3382-2 standard [23], the normalized error concept can 
be extended to the predicted data and then applied [28]. The 
normalized error (EN) is used to compare data that have the 
same hierarchical level, and is calculated as the ratio 
between the absolute value of the difference between two 
mean values and the expanded uncertainty of such 

difference. When the result of EN calculation gives values 
that are ≥ 1, it means that the difference between the 
compared means is not merely due to random effects, thus 
they are statistically different. On the other hand, when EN 
is < 1 it means that the difference can be due to random 
effects and so there is no reason to refuse the hypothesis 
that they are equivalent. The application of the EN has been 
formalized in past studies in the field of acoustics [29], so 
unless experimental data will be available to create a 
database with enough across-subjects variability, this 
method can be considered as reliable to provide at least an 
intrinsic variability. 

Table 3. Differences in speech recognition thresholds 
(ΔSRT) before and after the acoustic treatment of the 
classroom. ΔSRTs are obtained based on the 
calculations using either the Beutelmann or the 
Rennies prediction model. The normalized error is 
applied and reported in bold when referred to a 
statistically significant difference.  

Acoustic 
scenario 

Beutelmann 
model 

Rennies 
model 

Normalized 
error 

R1 – target-to-receiver distance = 1.5m 
M1m,120° 14.3 15.2 0.34 
M2.5m,120° 10.1 12.3 0.76 
M1m,180° 8.5 9.2 0.24 
M2.5m,180° 8.5 9.1 0.22 
M5m,180° 8.8 9.4 0.19 
R2 – target-to-receiver distance = 4.0m 
M1m,120° 14.2 12.2 0.72 
M2.5m,120° 10.9 9.0 0.67 
M1m,180° 8.2 6.4 0.65 
M2.5m,180° 8.4 6.5 0.66 
M1m,0° 8.5 6.7 0.64 
M2.5m,0° 8.8 6.8 0.70 
R3 – target-to-receiver distance = 6.5m 
M1m,120° 14.8 17.3 0.88 
M1m, 0° 10.2 13.6 1.19 
M2.5m,0° 9.8 12.7 1.01 
M5m,0° 10.2 12.7 0.91 
 
Results of EN exhibit values always lower that 1, except in 
the cases of far target-to-receiver distance (i.e., R3 at 6.5 m) 
when the noise source is co-located in front of the listener 
(i.e., 0°) and either at 1 m or 2.5 m of distance. This means 
that in those configurations the two BSIM models provide 
significantly different results and thus highlight that the 
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manipulation of the BRIRs with a split in early and late 
parts, as introduced in Rennies et al. [14], can account in a 
more accurate way for the degrading influence of 
reverberation on the speech signal with increasing distance. 
Furthermore, the model provided by Rennies et al. [14] can 
more effectively account for the binaural processing in real 
environments due to the physical and acoustic properties of 
the classroom, as the difference in the target level between 
the two ears in this model does not contain the late 
reflections that lead to the decorrelation of the signals 
across the ears. 
Differences in SRTs across the different spatial 
configurations and with respect to the AO and PO 
conditions, were also evaluated to establish the extent to 
which binaural listening in complex acoustic scenarios 
could benefit from the spatial separation of the noise source. 
This benefit was evaluated in terms of spatial release from 
masking (SRM), that is, as the difference in SRTs between 
a co-located and a separated noise source position. In the 
AO condition, both models allow for the calculation of 
SRM values that range between -1 dB and 2 dB, therefore 
in the majority of cases they can be considered as negligible 
as a consequence of the long reverberation time and so of 
the detrimental effect of the reflections on speech 
intelligibility. In the PO condition, instead, moving the 
masker from 180° to 120° provides greater benefits 
compared to moving it from 0° to 120°, i.e., from ~3 dB to 
~9 dB and from ~3 dB to ~6 dB maximum, respectively. 

4. DISCUSSION 

Overall, this study corroborates the findings from other 
studies and introduces research issues that deserve to be 
investigated in depth.  
First, it is confirmed that SRTs are negatively affected by 
poor acoustic conditions in the environment, i.e., by long 
reverberation time and high noise levels as in the AO 
condition, rather than after the acoustic treatment that 
brought to short reverberation time and reduced noise in the 
PO condition. This, indeed, was also found in experimental 
studies such as that of Puglisi et al. [16] and D’Orazio and 
Garai [30], who found that the auditory ability of 
discriminating a target sound and assigning it to a specific 
source in the environment strongly depends on the 
reverberation characteristics of the sound field.  
Second, the improvements in speech intelligibility can be 
considered as a consequence not only of the reduction of 
reverberation time in the classroom, but also of the increase 
of speech definition which was measured as significantly 
higher in the PO condition. Beutelmann et al., in two 

different studies [21,31], also consider D50 as a 
fundamental acoustic parameter to be considered in the 
understanding of the mechanisms that underlie speech 
intelligibility in complex acoustic scenarios.  
Third, the strongly detrimental effect of reverberation on 
speech intelligibility has been underlined by the great 
differences in SRTs between AO and PO conditions that 
reach values up to ~14 dB SNR and ~17 dB SNR, 
respectively. Such negative effect was further degraded by 
the mutual spatial positioning of target- and noise-sources, 
which play a significant role in the listening experience 
when it happens in complex acoustic environments, as also 
underlined by Westermann and Buchholz [15].  
Fourth, the findings on the spatial release from masking in 
the AO vs PO conditions reveal that the presence of 
reverberation significantly diminishes the efficacy of 
binaural cues, as the obtained SRM values in AO fall within 
the JND of ±1 dB and, only for the short target-to-receiver 
distance, reaches up to ~2 dB. The outcomes hereby 
presented in terms of SRM are consistent with other 
available studies. Particularly, Justine Hui et al. [32] and 
Kidd et al. [33] found that under similar conditions in 
presence of speech-shaped masking noise, SRM reaches up 
to 2 dB in reverberant environments. 
Fifth, as far as the comparison between the results in the 
different acoustic conditions using the two BSIM models of 
Beutelmann et al. [21] and Rennies et al. [14] is concerned, 
statistically significant differences were only found 
applying the normalized error concept to the data in the case 
of far target-to-receiver distance (i.e., R3 at 6.5 m). This 
outcome puts in light that the two models both work 
accurately for a wide variety of cases, however in the option 
of using them as a prediction tool for early stages design, 
the extended model by Rennies et al. [14] is more effective 
as it better reflects the physical phenomenon that occurs in 
real complex acoustic scenarios due to the detrimental 
effect of reflections both on noise and on target signals. 
Thanks to the outcomes of this study, and of those that 
similar research groups are leading at present, future 
investigations should also consider the use of the BSIM or 
of other prediction tools of binaural speech intelligibility for 
different design strategies of classrooms’ acoustical 
treatment, including the use and the difference in quantity 
and positioning of acoustic surfaces with both absorbing 
and scattering properties. Furthermore, the prediction 
models’ outcomes would benefit from a robust validation 
with empirical listening tests. 
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5. CONCLUSIONS 

Optimal acoustic conditions in classrooms are needed to 
support effectively the speech communication process, and 
particularly speech intelligibility toward the pupils listening. 
The optimal acoustic design of classrooms is thus 
mandatory at early stages and the use of accurate prediction 
tools can contribute significantly. The Binaural Speech 
Intelligibility Model (BSIM) has been developed and 
ameliorated to account for the detrimental effect of 
reflections in complex acoustic scenarios both on the target 
and on the noise signals.  
This study highlights the potential of the application of the 
BSIM under significantly different room acoustic 
conditions, i.e., in a reverberant classroom without acoustic 
treatment (ante-operam, AO) and in the same classroom 
with optimal reverberation after an acoustic treatment (post-
operam, PO). First, the predicted SRTs were lower (better) 
in the PO condition, as expected, as the differences found 
with both BSIM models were always positive. Second, the 
spatial separation of the noise source with respect to the 
receiver’s ears (i.e., when it is at 120°) SRTs are lower and 
the SRM reaches values greater than ~3 dB both in AO and 
PO, and up to ~6 dB in AO and up to ~9 dB in PO. Third, 
the updated version of the BSIM, the one ameliorated in 
Rennies et al. [14], considers in a more accurate way the 
detrimental effect of late reflections, especially for speech 
intelligibility predictions with large distance between the 
target source and the receiver. 
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