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This paper explains the development of software designed for the calculation of key acoustic pa-
rameters that characterise a room environment. Using the Python programming language and the
Tkinter framework, a graphical user interface (GUI) has been constructed to facilitate the pro-
cessing of monophonic and stereo impulse responses. These response types are essential for de-
riving binaural acoustic parameters, including interaural cross-correlation (IACC). The resulting
parameter calculations are compared to those generated by other software for validation purposes.
Overall, the results show a remarkable agreement with other software in most of the processes,
although some divergences are observed in the clarity parameters, especially in the low frequency
range. The T20 and T30 parameters show values consistent with the commercial software and are
in line with the expected trends. Furthermore, the investigation highlights the interdependence
and sensitivity of the early decay time (EDT) to the transition time (Tt). As far as the early IACC
parameter is concerned, there is an observable similarity with frequency. The MMF and Schroeder
methods are compared and it is found that there is a similarity in the parameters at high frequen-
cies, but there is a difference at low frequencies, due to the limits of the cut-off of the impulse
response.
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1. Introduction

The logarithmic sinusoidal sweep (LSS) approach became a widely used technique in obtaining
the environmental impulse response (RIR) in the field of acoustics.

The objective characterization of a linear time invariant system, such as a room, is achieved
through its transfer function, which is translated into its impulse response. The RIR is represented
as a curve describing the dissipation of acoustic energy in the room after the termination of a sound
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source. After a filtering and smoothing process, this curve becomes a valuable tool for the calculation
of highly relevant acoustic parameters.

The measurement of acoustic parameters, such as reverberation time, is essential for understand-
ing the acoustic characteristics of a room and thus for making informed decisions in the design of
acoustic environments. Angelo Farina [1] describes how this RIR is typically obtained from a swept
sinusoidal signal, and its subsequent processing with specialized software determines the final acous-
tic parameters.

This work focuses on the development of an open source software in Python to process room
impulse responses and calculate key acoustic parameters, such as EDT, T20, T30, C50, C80, TT,
IACCE and EDTt. An intuitive graphical user interface (GUI) was created for ease of use.

The software uses the logarithmic sine sweep method to obtain accurate measurements of room
impulse responses. These responses are applicable to a variety of environments, such as control
rooms, studios, theaters, and auditoriums.

The proposed software was benchmarked against widely used commercial and academic tools for
obtaining acoustic parameters to validate the accuracy and effectiveness of the software developed
in Python. These tools include the Aurora add-on for Audacity and a software developed by Densil
Cabrera in Matlab, thus establishing a solid basis for its reliability and usefulness in acoustic analysis.

2. State of the art

The characterization of listening rooms is a constantly evolving field of study in the field of acous-
tics. Over the years, various acoustic parameters have been developed to evaluate and understand the
acoustic properties of rooms objectively and subjectively. These parameters play a crucial role in
optimizing the design of spaces intended for applications such as concert halls, recording studios,
theaters and auditoriums.

Reverberation time, initially proposed by W.C. Sabine in 1922 [2], has been a fundamental pa-
rameter in room characterization. RT refers to the time it takes for the sound intensity to decrease by
60 decibels (dB) after the sound source has been interrupted. Despite its age, RT is still relevant today
and has benefited from technological advances that allow accurate and efficient measurements.

Auditory perception in a room goes beyond RT. To address this complexity, Early Decay Time
(EDT) was introduced in 1970 by N.C. Jordan [3]. EDT focuses on the initial phase of the impulse
response and correlates closely with the subjective perception of reverberation. It is often used in
conjunction with RT to provide a more complete description of the acoustic characteristics of a room.

The intelligibility of speech and music in a room is also of great importance. Clarity parameters,
such as C50 and C80, were introduced by Reichard and Abdel Alim in 1974 [4] to measure the
ratio of direct sound energy to reflected sound energy in the room. These parameters are essential for
assessing sound intelligibility and are used in applications ranging from conference rooms to theaters.

Spatial localization of sound is another crucial aspect of room acoustics. Interaural Cross-Correlation
(IACC) was introduced in 1974 [5] and is used to quantify the coherence of sound signals in both ears
of a listener. A high value of IACC indicates strong interaural coherence and better perception of
sound direction.

Advancing technology has led to the development of specialized acoustic room characterization
software. Notable examples include the Aurora plugin developed by Angelo Farina [6] and the
AARAE software of Densil Cabrera [7]. These tools allow the accurate calculation of various pa-
rameters by analyzing impulse responses, facilitating the evaluation and design of acoustic spaces.

The characterization of acoustic rooms has undergone significant progress over time, leading to
the development of a wide variety of acoustic parameters and computational tools. These advances
are essential for optimizing the design of spaces for a variety of applications, from concerts to confer-
ences. The combination of traditional parameters such as RT with more recent metrics such as EDT
and clarity has enriched the understanding of room acoustic properties.
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3. Theoretical framework

3.1 Room Impulse Response

A linear time invariant (LTI) system is a fundamental concept in systems theory and is used to
describe a wide range of physical and electronic systems. An LTI system can be characterized by
its transfer function h(t), which provides information on how the system responds to different input
signals as a function of time.

To obtain the transfer function h(t) of an LTI system, it is necessary to excite the system with an
input signal x(t). The input signal must meet certain requirements to ensure accurate characterization
of the system. These requirements include that the input signal must be deterministic, periodic and
broadband. Deterministic ensures that the input signal is predictable and reproducible, periodicity
allows analysis in the frequency domain, and broadband ensures representation of a wide range of
frequencies.

The relationship between the input signal x(t) and the system response y(t) is established by a
fundamental operation known as convolution in the time domain as expressed in Equation 1.

y(t) = x(t) ∗ h(t) (1)

An equivalent way to represent this relationship is in the frequency domain, using the Fourier
transform. The relationship is expressed in Equation 2.

Y (f) = X(f) ·H(f) (2)

Where X(f) and Y (f) are the Fourier transforms of the signals x(t) and y(t), respectively, and
H(f) is the Fourier transform of the transfer function h(t).

3.1.1 Logarithmic Sine-Sweep Method

The logarithmic sine-sweep method, devised by Farina [1][8], serves the primary purpose of ex-
tracting the impulse response of an enclosure. In comparison to conventional approaches, such as
the Maximum-Length Sequence (MLS) method or the generation of impulses through methods like
bursting a balloon, clapping, or employing a Kami-teppo, this method offers a multitude of advan-
tages.

Foremost among its benefits is its exceptional reproducibility, whereby any stimulus generated
within the specified constraints consistently yields identical outcomes. This reproducibility stems
from the method’s self-sufficiency, relying exclusively on the characteristics of the loudspeaker sys-
tem. Consequently, it ensures the generation of impulsive stimuli, resulting in the creation of a delta
function through the convolution of an inverse filter and a logarithmic sine-sweep signal (as depicted
in Figure 1.
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Figure 1: Impulse response generation using the log sine sweep method.

3.2 Acoustical parameters

3.2.1 Reverberation time

The Reverberation Time (RT ) is defined as the period required for the sound intensity to decrease
by 60 decibels (dB) after the interruption of the sound source. This measurement standard, which
uses a 60 dB reduction as a reference, provides an objective metric for evaluating the acoustic char-
acteristics of a room. The RT is essential for the characterization of room acoustics as it influences
the sound quality in various applications such as concert halls, recording studios, and classrooms.

To obtain the Reverberation Time T30 and T20, dynamic ranges less than 60 dB are considered and
extrapolated from T60. T30 is defined as the time it takes for the sound decay curve to drop from −5
dB to −35 dB below the initial level, while T20 is defined as the time it takes to drop from −5 dB to
−25 dB.

These reverberation time parameters provide a detailed understanding of how sound behaves in a
space and are essential in the design and evaluation of acoustical environments for various applica-
tions.

It is important to note that when the sound decay is linear, i.e. when the decay curve of the
sound intensity follows a constant path, the values of T60, T20 and T30 are identical. This means
that if one knows the value of T60 in a given room, one can accurately infer the values of T20 and
T30, which greatly simplifies the process of acoustic measurement and analysis. This phenomenon
is clearly reflected in Figure 2 , where the equality of these parameters is observed when the linear
decay condition is met.
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Figure 2: Diagram illustrating the comparison of EDT, T20, and T30.

3.2.2 Early decay time

Early Decay Time (EDT ) is an acoustic parameter used to evaluate the quality of reverberation in
a given space. EDT refers to the time it takes for the sound pressure level to decrease by 10 decibels
(dB) after a sound source has stopped.

EDT provides valuable information about the clarity and intelligibility of sound in a given envi-
ronment. A shorter EDT indicates that room reverberation fades quickly, which is generally asso-
ciated with better speech intelligibility and crisper sound quality. On the other hand, a longer EDT
suggests that reverberation persists longer, which can negatively affect sound clarity and intelligibil-
ity, especially in environments where clear communication is required, such as conference rooms or
auditoriums.

3.2.3 Clarity

Clarity is an acoustic parameter that evaluates the intelligibility of sound in a specific environment.
It refers to the ratio between the direct sound energy reaching the listener and the reflected sound
energy in the room. Higher clarity indicates better speech and music intelligibility.

The clarity parameter (C) expresses the ratio of early to late or reverberant energy, as shown in
the Equation 3.

C = 10 · log10

(∫ te
0
p(t)dt∫∞

te
p(t)dt

)
, dB (3)

Where C is the clarity in decibels (dB), te indicates the integration time limit and p(t) is the
instantaneous sound pressure of the measured impulse response.

It is possible to define the clarity for different types of signals as a function of the integration
limits. The clarity of a spoken word signal is called C50, and is calculated considering the initial 50
ms. In the case of a musical signal, the clarity parameter C80 is defined considering an integration
limit of 80 ms.

3.2.4 Interaural cross-correlation

Interaural Cross Correlation (IACC) is a parameter used in acoustics to quantify the coherence of
sound signals in both ears of a listener. It measures the similarity between the sound signals reaching
both ears and is used to evaluate the spatial localization of sound. The IACC is represented by the
Equation 4.
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IACC =

∫ T

0
[R(t) · S(t)] dt√∫ T

0
[R2(t) · S2(t)] dt

(4)

Where R(t) is the sound signal in the right ear as a function of time, S(t) is the sound signal in
the left ear as a function of time and T is the analysis time.

This formula quantifies interaural coherence and is used to evaluate the perception of sound di-
rection in an acoustic environment.

3.3 Software Processing

3.3.1 Moving median filter

The Moving Median Filter (MMF) is used as a time domain signal processing technique. It works
by taking a time window of N samples of the signal, sorting the samples in ascending order and
taking the value of the N/2 sample. It then assigns the median value to that portion of the signal.
As the window moves along the signal, this filtering process is applied. MMF is widely used to
reduce random noise in signals while preserving the shape of the original signal. Its implementation
is efficient and fast, especially when recursive techniques are used. In the developed software, the
MMF is used as a filtering option to smooth the signal decay curve.

MMF (x) =

{
x
[
n
2

]
if n is even

x[0.5(n−1)]+x[0.5(n+1)]
2

if n is odd
(5)

3.3.2 Schroeder filter

The Schroeder-Stirling Integral, represented as ETC(t), is a technique used to obtain the energy
decay curve of the impulse response of a room. It is defined as the integral of the squared signal from
time t to time T, as shown in the Equation 6.

ETC(t) =

∫ T

t

h2(τ)dτ (6)

Where h(τ) represents the room impulse response as a function of time τ , t is the initial integration
time, and T is the final integration time, which is determined by the point at which the signal is
predominantly background noise.

This technique is used to analyze and characterize the decay properties of the impulse response
of a room and is essential for the accurate evaluation of its acoustic behavior. In addition, to avoid
overestimation of the impulse response, a background noise compensation method, such as Lundeby’s
method, is applied.

3.3.3 The Lundeby Method: Estimating Crossover Points in Acoustic Analysis.

The Lundeby Crossover Point Estimation Method is a technique used in acoustics for the purpose
of accurately determining the point at which the decay curve of an impulse response intersects the
background noise level. This intersection point is subsequently used as the upper limit of integration
in the calculation of the Schroeder Integral, leading to a significant improvement in the accuracy of
the filtering technique.

The Lundeby estimation process is based on an iterative algorithm consisting of the following
four fundamental steps:

1. First, the impulse response is averaged and squared over a short time interval, usually in the
range of 10-50 milliseconds.

6



Acoustical Instruments & Measurements. September 25, 2023

2. Next, the background noise level is estimated using the last 10% of the signal, which is assumed
to be noise-dominated.

3. Then, a slope is calculated from the 0 dBFS reference level to the level corresponding to the
background noise.

4. Finally, the algorithm identifies the intersection point between the linear regression obtained in
the previous step and the corresponding noise level.

This process is repeated iteratively until a convergence criterion is met, indicating that the crossover
point between the decay curve and the background noise level has been accurately determined.

The Lundeby Crossover Point Estimation Method is noted for its effectiveness in separating the
decay portion of the impulse response from the background noise, which contributes to a significant
improvement in the accuracy of the Schroeder filtering technique. This iterative approach ensures
reliable results in acoustic analysis by providing accurate estimates of the relevant parameters.

4. Procedure and software developement

The software developed is aimed at processing impulse response measurements of rooms, as well
as calculating their acoustical parameters. It also has other functions such as a graphic display of the
impulse response and its decay or the possibility of exporting the results.

The development of both the signal processing functions and the user interface (GUI) was carried
out entirely in Python. This section describes the signal processing procedure in order to obtain the
acoustic parameter values according to the signalflow in figure 3.

Figure 3: Flowchart of the software developed.
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The libraries used for this software are numpy v1.24.3, scipy v1.10.1, pandas v2.0.2, matplotlib
v3.7.1, tkinter v0.2, soundfile v0.12.1 and acoustics v0.2.6.

4.1 Load file

The impulse response to be processed and evaluated in order to obtain the acoustic parameters
that characterise a room can be obtained in two ways: by loading a .wav audio file containing the
impulse response or by loading the signal of a sinusoidal sweep with its respective inverse filter. Once
the information is loaded, an automatic detection of whether the file is mono or stereo is performed
and allows the selection of the channel to be evaluated and represented.

4.2 Filtering and smoothing

With the RIR loaded, the option of filtering the signal into octave bands or third octave bands is
offered following the IEC 61260 standard [9]. The filters implemented are eighth-order Butterworth
band-pass filters.

Once the signal has been filtered, a smoothing process is carried out with a choice between two
options: the inverse Schroeder time integral or a Moving Media Filter (MMF). For both processes,
first a smoothing with the Hilbert transform is applied.

When smoothing with the Schroeder integral is applied, the Lundeby method is then used to find
the end of the tail of the impulse and the background noise component. On the other hand, when
smoothing is done using the Moving Media Filter, the GUI enables a box in which the time value in
milliseconds of the desired window can be introduced. By default, the value of the window is 20 ms.
This window length allows an analysis of the impulse response starting at 50 Hz, which is enough for
the first third octave band calculated (63 Hz).

4.3 Acoustical parameters calculation

For the calculation of EDT, T20 and T30, the index corresponding to the decay range necessary
for each of them is searched: the range between −1 dB and −11 dB for EDT; the range from −5 dB
to −25 dB for T20; and from −5 dB to −35 dB for T30. Finally, a linear regression is performed to
obtain the slope corresponding to each parameter.

On the other hand, the parameters C50 and C80 corresponding to clarity differ in the integration
time according to equation (3). Thus, by entering the corresponding time, the desired parameter is
obtained.

If the IRs are stereo, the IACC parameter can be calculated, for which both the right and left chan-
nels of the input signal are taken and equation (4) is used with a time limit equal to 80 milliseconds.

Finally, for the calculation of EDTt and Tt, the smoothed IR signal is taken from its maximum
value and the index of the interval in which the signal reaches 99% of its energy is sought. This index
marks the transition time Tt in seconds. Subsequently, the signal is cut between the mentioned limits
and a linear regression is performed to obtain the EDTt.

4.4 Graphic user interface

In Figure 4 the grafic user interface of the Impulse Analyzer software is shown. Mainly two areas
are distinguished, on the left a panel with the necessary options for IR processing, and on the right a
panel where the information obtained after processing is displayed. On the left there are two tabs that
allow importing an impulse response or a sine sweep. Then, the ’browse...’ button opens a file dialog
where the .wav file must be selected. When you do so, the name of the selected file, its sample rate, its
duration and the number of channels are displayed. If the file is stereo, you can select the left or right
channel for processing. In the case of importing a sine sweep, the option is given to import an inverse
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filter, or to generate one given a start frequency, end frequency and duration. In this way the impulse
response is obtained by convolving the two vectors. In the meantime, the imported ir is displayed in
the plot area on the right. Then the option to filter the IR by thirds of octave or by octave bands is
offered. It is also possible to smooth the signal with the Schrodinger integral or with a MMF, option
that allows to choose the length of the window in ms. Finally, four buttons are displayed: the first
one performs the IR processing and displays the results in the table on the right. The second (Clear)
returns all GUI information to default values. The last two buttons allow for exporting the table as
CSV or copy to clipboard.

Finally, when clicking on a parameter on the table, a new window emerges showing a plot repre-
senting the parameter in every frequency band.

Figure 4: Graphic user interface of the software developed.

5. Results

The results obtained through the Room Impulse Response (RIR) processing software developed
are compared with those obtained through the AARAE software, developed by Densil Cabrera and
Aurora by Angelo Farina.

Since it is difficult to obtain a significant signal-to-noise ratio at low frequencies, the analysis is
performed starting from the 63 Hz band.

In the case of the aurora, for the calculation of the acoustic parameters, the values of -1 and -11
dB were defined to determine EDT, and the correction for background noise was enabled. C50, C80,
T20, T30, and EDT results were obtained with this software. On the other hand, with the AARAE
software.

5.1 T20

In the graphs of Figure 5, it can be seen that the values obtained by applying Schroeder’s method
show significant agreement with those obtained through commercial software. These plots reveal the
existence of three distinctive regions. In the region above 1250 Hz, there is a high similarity in the
results between the different programs. In the middle region between 250 Hz and 1 kHz, although
there is a remarkable agreement, it is lower compared to the higher frequency region. Finally, in the
low-frequency region, from 200 Hz onwards, the greatest discrepancy in the results is evident.
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Figure 5: Comparison of T20 results.

5.2 T30

Figure 6 shows the results corresponding to parameter T30. The results show a high level of
agreement at frequencies above 500 Hz. However, it can be seen that, at frequencies below this
threshold, the developed software tends to overestimate the results at most frequencies compared to
commercial solutions. This discrepancy is particularly noticeable at the 63 Hz frequency, where the
value obtained by applying the Schroeder method exceeds the results obtained with the other programs
by more than 1 second.

Figure 6: Comparison of T30 results.

5.3 EDT

Figure 7 shows that the results obtained for the calculation of the EDT exhibit a trend similar to
that observed for the T30 parameter. This trend is characterized by a greater agreement in the results
between different acoustic software when the frequency exceeds 500 Hz, and by more significant
discrepancies in values below this frequency. It should be noted that these discrepancies are not only
noticeable in the software developed, where mostly higher values are obtained compared to others,
but also extend to the differences observed between commercial software, particularly in the low
frequency range. Discrepancies in low-frequency results may be the result of a combination of factors
related to the physics of sound waves, room characteristics, limitations of measurement equipment
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and the complexity of acoustic phenomena in the low-frequency range. Therefore, it is important to
consider these limitations and factors when analyzing and comparing acoustic measurements in this
range.

Figure 7: Comparison of EDT results.

5.4 C50

Figure 8 shows the comparative results for the acoustic parameter C50. There is a trend towards
convergence of the values at high frequencies; however, in general terms, there is a significant dis-
parity between the results obtained with the software developed and the commercial solutions. In the
frequency range between 250 Hz and 2 kHz, the values obtained with the proprietary software show
a trend of practically zero. On the other hand, at low frequencies, the values of the three software
solutions do not show an appreciable relationship.

Figure 8: Comparison of C50 results.

5.5 C80

In contrast, the results corresponding to parameter C80, as illustrated in Figure 9, reveal a more
coherent relationship. Above 250 Hz, a greater consistency between the values is evident, while below
this frequency, it is again found that the values do not correlate between the different softwares, this
discrepancy being more noticeable below 80 Hz.
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Figure 9: Comparison of C80 results.

5.6 IACC

Regarding the IACC parameter, a comparison was carried out exclusively between the developed
software and the AARAE software, as illustrated in Figure 10, since the Aurora software did not
provide the values corresponding to this parameter.

A general similarity between both software applications could be observed, with some notable
exceptions at specific frequencies, such as 63 Hz, 1 kHz and 1250 kHz. In addition, it was observed
that the results obtained using the proprietary software exhibit greater continuity as a function of
frequencies, while the AARAE software presents more pronounced discontinuity jumps, particularly
in the low frequency range. This difference can be attributed to a different length of the trimmed
impulse. In the case of the software developed in this work, a time of 80 ms is used, in the case of
AARAE this value is not known.

Figure 10: Comparison of IACC results.

It is noteworthy that, in all acoustic parameters, a distinction exists between low-frequency and
high-frequency components. This distinction primarily arises from the presence of background noise
within the analyzed audio, resulting in a non-optimal signal-to-noise ratios. In the case of the MMF
(Moving Median Filter) method, the choice of the analysis window further impacts this difference.
Specifically, the selection of a larger window leads to enhanced resolution in low frequencies, while
conversely, a smaller window yields improved resolution in high frequencies. Consequently, these
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factors give rise to substantial disparities in results between the Shroeder method and the MMF
method.

On the other hand, it was possible to corroborate the reliability of the software developed by
Angelo Farina and Densil Cabrera. While these software applications yielded varying results in some
instances, this discrepancy can be attributed to differences in the functions employed, as well as the
characteristics of the analyzed audio file and the methodology applied for truncating the impulse
response and determining the starting point for parameter calculation.

5.7 Comparison between Moving Median Average (MMF) and Schroeder’s method

(a) C50 (b) C80

(c) T20 (d) T30

(e) EDT

Figure 11: Comparison between MMF methods and Schroeder’s method.

Figure 11 shows the comparison of the results obtained by applying the schroeder integral or a
moving median filter. It can be seen that by smoothing the impulse with a MMF, values appear in
some bands that are not the expected ones (taking as a reference the results of AURORA or AARAE).
This may depend on the length of the window used. To analyze this behavior, Figure 12 shows a
comparison of the T20 obtained with different window lengths.
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Figure 12: Comparison of T30 with different MMF window length.

It is clear that a 20 ms window is not enough to smooth the IR and obtain valid T20 results. When
using a 100 ms window the results are similar to those obtained using Schroeders integral. This shows
that the results obtained using MMF smoothing are sensitive to the variation of the window length.
Therefore, it is important to be careful and verify the results obtained when using this method.

6. Conclusion

This project has highlighted the importance of accessibility and user-friendliness in the design
of specialized software, especially when seeking to reach an audience that spans diverse areas of
knowledge and skills. The convergence of acoustics and programming skills has resulted in a more
accessible and effective tool, and this interaction between disciplines represents a valuable contribu-
tion to the field of acoustics and sound engineering.

It can be inferred that the EDT, RT20 and RT30 calculations exhibit a remarkable similarity with
the results obtained using commercial software. On the other hand, the values of C50 and C80 show
some divergences, particularly C50, and this disparity tends to be accentuated at lower frequencies.

The comparative analysis of the IACC parameter between the software developed in this study
and the AARAE software has revealed a general similarity in the results, although with notable ex-
ceptions at specific frequencies. These discrepancies can be attributed in part to differences in the
length of the trimmed pulse used in each program, being unknown such value in the case of AARAE.
These findings emphasize the importance of careful consideration of technical and methodological
particularities when conducting software comparisons and evaluations in acoustics.

In the comparative analysis carried out, it has been observed that the agreement between the
results of both software is notoriously consistent in the high frequency spectrum. However, in the low
frequency range, substantial discrepancies have been identified, attributable to the inherent limitations
of the truncated impulse response. In the case of the Schroeder method, this limitation is defined by
the Lundebay method, while the Moving Median Filter (MMF) method incorporates a window that
influences the results in this frequency range.

It is relevant to highlight that, as an area of improvement identified, is the optimization of the
inverse filter generation process, particularly in relation to the use of the sinesweep. The accurate
generation of the sinesweep is essential to obtain more precise and coherent results in the calculation
of the acoustic parameters.

In addition, it has been found that there is room for improvement of the error handling mechanisms
in the software. Refining these procedures would contribute to strengthening the robustness and
reliability of the applications, enabling a smoother and more effective user experience in obtaining
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accurate acoustic results.
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Annex

A. Data.

A 1: Comparison of parameters obtained with the different softwares for a mono impulse response.
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A 2: Comparison of parameters obtained with the different softwares for a stereo impulse response.
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A 3: Comparison of parameters obtained with the different softwares for an impulse response obtained
convoluting a sine sweep with its inverse filter.
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B. Code.

Reverberation time (R20 y T30) and EDT

def RT(signal, fs):
’’’
Calculates the Reverberation time of signal by T20, T30 and EDT methods.

Args:
sig (numpy array): array containing the audio signal.
fs (int): sample rate of audio file.

Returns:
parameter_results (numpy array): array containing each parameter

result.
parameters_names (numpy array): array containing each parameter name.

’’’

parameters_names = [’Edt’, ’T20’, ’T30’]
parameters_boundaries = [[-1, -11],[-5,-25],[-5,-35]]
parameter_results = np.zeros(3)

for idx, bound in enumerate(parameters_boundaries):
start = np.where(signal >= -1 )[0][-1]

end = np.where(signal>= bound[1])[0][-1]

rt_i = 1/fs*np.arange(start, end)
poly = np.polyfit(rt_i, signal[start:end],1)
parameter_results[idx] = -60 / poly[0]

return parameter_results, parameters_names

C50 & C80

def C(signal,fs, ci):

signal = 10**(signal/10)
t = int(np.round((ci / 1000.0) * fs))
c_i = 10 * np.log10((np.sum(signal[:t]**2))/(np.sum(signal[t:-1]**2)))
if ~np.isfinite(c_i):

c_i = ’---’
return c_i

IACC

def IACC(signal_L, signal_R, fs,band ,stereo, stereo_ss):
iacc_coefficients =[]

if stereo==0 and band==1 and stereo_ss==0:
iacc_coefficients = np.array([’----’]*10)

elif stereo==0 and band==3 and stereo_ss==0:
iacc_coefficients = np.array([’----’]*29)

else:
try:

frequency, ir_filter_L = filter(signal_L,fs,band)
frequency, ir_filter_R = filter(signal_R,fs,band)
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for ir_L, ir_R in zip(ir_filter_L,ir_filter_R):
t80 = int(0.08*fs)
ir_L = ir_L[np.argmax(ir_L):] #Cut form peak beyond
ir_R = ir_R[np.argmax(ir_R):]

ir_L = ir_L[:t80] #Cut first 80 ms
ir_R = ir_R[:t80]
iacc = np.correlate(ir_L, ir_R, ’full’)
iacc_normalized = iacc/(np.sqrt(np.sum(ir_L**2)*np.sum(ir_R

**2)))
iacc_coefficient = round(np.max(np.abs(iacc_normalized)),3)
iacc_coefficients = np.append(iacc_coefficients,

iacc_coefficient)
except Exception as e:

raise ValueError("This is not a stereo file, choose mono. " + str
(e))

return iacc_coefficients

Tt & EDTt

def Transition_time_and_Edt(ir, fs, ir_smoothing):
’’’
Calculates the transition time and EDTt values.

Args:
ir (numpy array): array containing the audio signal.
fs (int): sample rate of audio file.
ir_smooth (numpy array): array containing the smoothed audio signal.

Returns:
Tt_time (float): Transition time value.
edtt (float): EDTt value.

’’’
ir = ir[np.argmax(ir):] #Cut from max value

energy_99 = np.sum(ir**2)*0.99
cummulative_energy = np.cumsum(ir**2)

Tt = np.where(cummulative_energy <= energy_99)[0][-1] #Tt value in
samples

Tt_time = Tt/fs #Tt value in seconds

ir_edtt = ir_smoothing[:Tt]

if Tt_time < 0.001:
edtt = ’---’

else:
poly = np.polyfit(np.arange(0, Tt_time, 1/fs)[:len(ir_edtt)], ir_edtt

, 1)
edtt = -60/poly[0]

if ~np.isfinite(edtt):
edtt = ’---’

return Tt_time, edtt
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Schroeder, MMF, Hilbert

def Schroeder(signal):
’’’Smooth the signal (signal) utilizing the Schroeder integral method’’’
return np.sum(signal) - np.cumsum(signal)

def mmf(signal, window_size):
"""Applies a moving mean filter with a specified window length to a 1D

signal.
The values when the window is half empty (beggining and end) are

discarted."""
return np.convolve(signal, np.ones(window_size)/window_size, mode=’valid’

)

def Hilbert(signal):
’’’Smooth the signal (signal) utilizing the Hilbert Transform method’’’
return np.abs(sgn.hilbert(signal))

Lundebay

def Lundeby(signal, fs):
’’’
Lundeby method as especified in "On the effects of pre-processing of

impulse responses in the evaluation of
acoustic parameters on room acoustics" by Venturio and Farina in 2013.

Lundeby method is based on an iterative algorithm that chooses the right
temporal interval to which the linear

regression is calculated. This will leave out unwanted contributions.

1. Average squared IR in local time intervals (10-50 ms)
2. Estimate background noise level using tail (last 10% of the signal)
3. Estimate slope of decay from 0 dB to noise level (the left point

is 0 dB. Search the right point 5-10 dB above noise level)
4. Find the crosspoint defined by regression line and noise level
5. Find a new local time intervals based on the actual slope (use 3-10

intervals per 10 dB of decay)
6. Average squared IR in new local time intervals
7. Estimate background noise (starting from a time corresponding to a

decay of 5-10 dB based on actual
slope after the actual crosspoint but 10% of length of IR should be the

minimum length)
8. Estimate late decay slope (a dynamic range of 10-20 dB should be

evaluated, starting 5-10 dB above
the noise level)
9. Find a new crosspoint
10. Repeat 7, 8 and 9 until convergence of crosspoint is achieved
’’’
signal = signal[np.argmax(signal):]/np.max(signal) #Normalize and cut

the IR from peak and beyond

#1
window = int(10*(10**-3)*fs) #Window in samples chosen as 30 ms

signal_average_dB = []

for i in range(0, int(len(signal)/window)):
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window_average_rms = np.sqrt(np.mean(signal[window*i:window*(i+1)
]**2))

window_average_rms_dB = 10*np.log10(np.abs(window_average_rms)/np.max
(signal))

signal_average_dB.append(window_average_rms_dB)

t = np.linspace(window/2, len(signal), len(signal_average_dB)) # signal
average time samples

t = t.astype(int)

#2
signal_last10 = signal[int(0.9*len(signal)):]
background_noise = np.sqrt(np.mean(signal_last10**2))
background_noise_dB = 10*np.log10(background_noise/max(signal)) # Noise

level of last 10% of signal

#3
if len(np.argwhere(signal_average_dB > background_noise_dB + 10)) < 1:

return fs*3 # if the method fails a 3 seconds max TR is supossed

cross_signal_noise = np.argwhere(signal_average_dB > background_noise_dB
+ 10)[-1][0] # Crosspoint between signal and 10 dB above noise level

poly = np.polyfit(t[0:cross_signal_noise], signal_average_dB[0:
cross_signal_noise],1) #Regression linear (1 degree)

#4
cross = (background_noise_dB - poly[1])/poly[0] #Crosspoint between

regression and noise in samples
cross = int(cross)

for i in range(0, 7): # Do 7 iterations (it should converge after 5, but
noisy signals converge after 7 using this script)

#5
divisions = 10 # 3 to 10 divisions per 10 dB of regeression slope (

use 7)
window_new = int(divisions/poly[0]/-10) # new window length in

samples [amount of divisions in segment (7) / slope (-x dB) / per
(-10 dB) decay]

#6
signal_average_dB = []
for i in range(0, int(len(signal[:int((cross-(poly[0]/-10)))])/

window_new)): #calculation with new window
window_average_rms = np.sqrt(np.mean(signal[window_new*i:

window_new*(i+1)]**2))
window_average_rms_dB = 10*np.log10(np.abs(window_average_rms)/np

.max(signal))
signal_average_dB.append(window_average_rms_dB)

t = np.linspace(window_new/2, len(signal[:int((cross-(poly[0]/-10)))
]), len(signal_average_dB)) # signal average time samples

if len(t) < 1:
return fs*3 # if the method fails a 3 seconds max TR is

supossed
t = t.astype(int)

#7
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signal_5dB_after_cross = signal[int(cross+(5/-poly[0])):] # signal
after 5 dB decay from crosspoint

if len(signal_5dB_after_cross) < (len(signal)/10):
signal_5dB_after_cross = signal[int(len(signal)*0.9):] # It has

to have at least 10% of the length of the original signal

background_noise = np.sqrt(np.mean(signal_5dB_after_cross**2))
background_noise_dB = 10*np.log10(background_noise/max(signal))

#8
poly = np.polyfit(t, signal_average_dB, 1)

#9
cross = (background_noise_dB - poly[1])/poly[0] #Crosspoint between

regression and noise in samples

return int(cross)

Questions

What would be the best method to cut the limits of the impulse response, so that the Schroeder
method and Moving Average Filter give similar results? When we talk about results, we are referring
to the acoustic parameters calculated through the GUI, for this we are looking for both methods to
give similar results.
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