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Abstract: This report depicts the process of development, trial and validation of an acoustic pa-
rameters calculation software written in Python. Taking a impulse response as an input the developed
software calculates reverberation time, clarity, inter aural cross correlation, transition time and displays
the results in a custom made graphical user interface. User can adjust processing options and choose
whether to display the results in full-octave or third-octave bands, which can be exported as images
or CSV/txt files if needed. The results were compared with commercial software, yielding very similar
values, with differences below the just noticeable difference.
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1 Introduction

The impulse response is one of the main tools for the acoustic characterization of rooms. Through it,
various parameters can be obtained that define the acoustic behavior of the space. There are several
software programs available that calculate these parameters, with varying degrees of popularity within
the field. This work presents the development of a software that calculates acoustical parameters such as
reverberation time, clarity, inter aural cross correlation and transition time. All necessary code is written
in Python language, taking advantage of its data processing capabilities and user friendly approach. All
results are displayed in a custom made graphical user interface, using a Python compatible library.
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2 Theoretical Framework

a Acoustical Parameters

RT20 and RT30:

Both parameters describe the elapsed time between the instant when the sound source turns off
and the moment when the signal level drop in the room is 60 dB (from —5 dB to —65 dB [1].
The difference lies in the calculation method. For the RT20 parameter, a 20 d B level drop is taken
starting from —5 dB and the time it would take for the level to decay to —65 dB is extrapolated,
while the RT30 performs the same process but with a 30 d B drop. This is necessary because (with
few exceptions) the information recorded in the final part of the decay may be unreliable when the
signal level approaches the noise floor.

linear approximation

el |

Figure 1: Caption

Early Decay Time (EDT)
In the same way as with the RT20 and RT30 parameters, the early decay time depict the level

decay time for 60 dB but, in this case, extrapolated taking as reference the slope of the attenuation
of the first 10 dB.

Transition Time (Tt)
The Transition Time represents the point at which the system behavior shifts from deterministic
to stochastic. It is defined as the moment when the accumulated energy of the impulse response
reaches 99% of its total value. This parameter can also be interpreted as the effective duration of
the early sound field.

Early Decay Transition Time (EDTt)

Beyond the EDT calculated from the initial 10 dB decay, an alternative approach to assess early
decay is to perform a linear regression between the peak of the impulse response and the transition
time. This yields the parameter known as EDTt.

TACC Early-

The Inter Aural Cross Correlation (IACC) is an psychoacoustic parameter that depict the corre-
lation between perceived stimuli in each ear of the listener. A high IACC value indicate that the
listener will not perceive a remarkable stereo sensation because of the high correlation between
both signals. In this case, this parameter is used for the early field, thus JACCgg,y is obtained,
quantifing the similarity between the left and right channels during the first 80 ms through cross-
correlation within a range of interaural time delays, identifying the maximum value, as defined by
ISO 3382 [1]. Its mathematical expression is:

0 hL(t).hR(t—l-T)dT
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* C50y C80:
The clarity parameters describe the energy ratio between early and late fields, seeking to quantify
how distinguishable a sound or message is from the reverberant field generated. Usually, C50 is
associated with music intelligibility and C80 with speech intelligibility. Mathematically, they are
developed as shown:
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b Reversed IR

To avoid ripple caused by the pass band filters on the acoustical analysis, the option of the reversed IR
method exists. This simply consists of reversing the IR, applying the filters, and re-reversing the signal,
so now it’s forward again. With this technique, the band pass filters’ ripple affect the most at the end of
the signal instead of the beginning of the impulse, which is crucial to the parameters’ calculation. This
method, described in the literature, helps reduce distortion caused by narrow-band filtering and improves
the reliability of the results [reversed].

¢ Moving Median Filter

The moving median filter (MMF) is a signal processing technique used to average data, removing outliers
and smoothing the signal. It works by averaging signal points all over the signal length by the following
equation:

1 N-1
Yi= e D i @)
N~

where y; is the average value in ¢ point, z;; is the signal value in (¢ — j) and N is the number of
averaged points. In IR processing, it is used with the aim of reducing local fluctuations and hence ease
the generation of the decay curve.

d Schroeder’s Inverted Time Integral

The Schroeder’s inverted time integral is a formula that sums the energy from a time ¢ to infinity, returning
a descendant curve that reflects the energy fall of the IR. Its mathematical expression is:

R(t) = /t - R%(7) dr (5)

where R(t) is the inverse energy sum and h(7) the signal.

e Just Noticeable Difference (JND)

The JN D (Just Noticeable Difference) is the smallest variation in a magnitude or stimulus that an
observer can detect and perceive as a real change. This threshold is determined through experimental
tests and subjective studies, and its value may vary depending on the type of stimulus and the conditions
of perception. Table 1 presents typical IND values for various parameters relevant to this study.
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Table 1: JND values for the presented parameters.

Parameter | JND
Tho 5%
T30 5%

EDT 5%
Cso 1dB
Cyo 1dB

TACC, 0.075

3 State of Art

Impulse response (IR) analysis constitutes an essential tool in acoustics engineering, as it allows char-
acterization of sound’s behaviour in closed rooms through the study of their response to a controlled
stimulus. Over time, various methodologies have been proposed to capture, process, and analyze IRs,
including the use of pseudorandom noise and sinusoildal sweeps.

Among the most significant methodological advances, the technique introduced by Manfred Schroeder
[2] stands out for estimating the reverberation time from the energy decay curve, which has become in a
widely adopted standard.

Later, Angelo Farina [3] introduced a method based on sinusoidal sweeps, which not only allows
to obtain the high resolution impulse response and sound to noise ratio (SNR), but also separate in an
efficiently way the system’s lineal response from the harmonic distortion generated by electronic compo-
nents used in the measurement. Additionally, works as Lundeby’s et al. [4] have adressed measurements
uncertainties in rooms, establishing guidelines to increase accuracy and repeatability under different
conditions.

More recently, application of artificial intelligence in this field has begun to be explored. Researches
such as that of Richard, Dodds and Ithapu has shown that is possible to train deep neural networks to
estimate impulse responses from partial or contaminated data, opening up new possibilities for scenarios
where direct measurement is impractical or expensive [5].

Another interesting development is by Lan, Zheng, Zhen and Zhao, which introduce the Acoustic
Volume Rendering (AVR) method for IRs synthesis in any point of a room through simulation, with
results that improves IRs simulations by other programs [6].

In terms of digital tools development, Aurora stands out [7], a suite of plugins for Adobe Audition
that allows acoustic analysis using techniques as inverse deconvolution and the Schroeder’s curve, being
widely used by recording and post-production studios. In contrast, although more limited in technical
capabilities, Audacity [8] offers compatibility with convolution effects and external plugins, making it
an affordable option for educational environments.

Specialized tools as Room EQ Wizard (REW) [9], ARTA [10] and EASERA [11] offer advanced
functions for capturing, analyzing and reporting IRs, integrating octave filters, error compensation al-
gorithms and compliance with international regulations, making them common in both academic and
professional fields.

On the other hand, Texture Analyzer [12] software, developed by Alejandro Bidondo, allows the
analysis of monaural and binaural IRs to calculate microscopic parameters such as cumulative number
of early reflections (CNERs), Tt, EDTt, effective length of autocorrelation (ACd) and other indicators of
acoustic texture.

4 Software Development

The programming language used for the development of the software is Python [13]. In addition,
ChatGPT [14] was employed to implement various improvements to the code, including optimizations
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and enhanced data visualization. Several Python libraries were also used: numpy, pandas, scipy,
tkinter, numba, matplotlib, csv,and pillow.

The software’s development process consisted of three major interconnected branches: the imple-
mentation of functions for parameter calculation, the development of the program’s signal processing
code, and the design of the graphical user interface (GUI). Special attention was also given to antici-
pating potential user or code errors by setting default values for input parameters, managing errors and
ensuring that the results are presented clearly and neatly.

a IR Processing

The functions dedicated to the acoustic parameter calculations are located in a separate . py file, which
is imported into the main file of the graphical user interface. A block diagram illustrating the processing
steps for obtaining all the acoustic parameters is presented in Figure 2.
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Figure 2: Processing diagram.

The developed code is intended for the analysis of room impulse responses (RIR) to extract stan-
dardized acoustic parameters. The processing is structured around a main code that coordinates all the
necessary steps to obtain the acoustic parameters (from a function script), based on the input parameters
entered by the user through the GUI and their subsequent extraction.
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The first step involves identifying the actual onset of the RIR. To achieve this, the point of maximum
energy in the signal’s envelope —obtained using the Hilbert transform of scipy— is detected, and
everything preceding is discarded. This ensures that the time origin is aligned with the true beginning of
the acoustic excitation, enhancing the accuracy of subsequent temporal analyses.

Once the useful portion of the signal is isolated, it is split into standardized frequency bands —either
octave or third-octave— using FIR filters from scipy. These filters are designed according to IEC
61260 specifications and applied using fast convolution [15]. In the case of third-octave filtering, a
technique known as 'Reversed RIR’ is considered, where the signal is reversed in time before filtering
and then flipped back afterwards.

For each filtered band, the Energy-Time Curve (ETC) is computed by squaring the envelope of the
signal. This curve is normalized to its peak value to allow relative comparisons of its temporal evolution.
A smoothing step is then applied using scipy’s Moving Median Filter (MMF), whose window length
is user-defined (often set as the period of the lowest frequency of interest; by default 50 ms, which its
20 Hz). The smoothed ETC is integrated backwards using the Schroeder integral, generating a decay
curve in decibels. This decay profile is used to estimate the main reverberation times. Thereby linear
regressions are performed, with 1inregress from scipy.stats, over specific intervals to extrap-
olate the time required for a 60 dB drop, yielding the 75y, T30, and E DT values respectively. Clarity
parameters, such as C'50 and Cyg, are also calculated by comparing the ratio of energy within the first
50 ms or 80 ms to the remaining energy, obtained by applying numpy functions. The transition time is
obtained from the cumulative energy of the RIR, where it reaches 99% of its total. Within this interval,
a linear decay is estimated in the dB domain, from which £ DT} is obtained. For each frequency band,
the TACCeqriy is computed by filtering the truncated stereo IR and then evaluating the maximum cross-
correlation between the left and right channels within the first 80 ms, considering interaural delays of
1 ms. All calculated parameters are organized by frequency band and compiled into a structured matrix,
with rounded values to ease interpretation.

b Graphical User Interface (GUI)

In Figure 3 is shown the window of the IR Analyzer software.
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Figure 3: Software’s graphical interface.

By clicking the 'Load File’ button, a .wav file containing the impulse response (IR) is loaded by
user. The program automatically detects whether the file is mono or stereo. A plot of the loaded audio is
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displayed below (if the file is stereo, the left channel is shown by default).

The software includes various processing options. The user can specify the MMF window size in
milliseconds, choose between octave or third-octave bands, enable or disable the use of a reversed IR,
and select the time limits of the audio file. This is particularly useful for files that may contain multiple
responses or noise segments that could affect the results.

When pressing ’Calculate Parameters’, the corresponding calculations are performed according to
the specified conditions. A message is displayed indicating that the calculation is in progress, and once
completed, a success message confirms that the parameters have been calculated.

At the bottom left, the signal after applying Schroeder’s inverse integration can be visualized, while
on the right side, a table displays all parameters by frequency band. Channel left or right can be switched
using the associated buttons. If a parameter row in the table is clicked, the graph on the left updates to
show a bar plot of that parameter as a function of frequency. On the IR graph, a blue vertical line is
drawn to indicate the signal’s transition time, and the Tt and EDTt global values can be visualized.

By right-clicking on one of the plots, a context menu appears. It allows the graph to be saved as a
. PNG file. To save the lower plot, the user must click on Save Energy Decay curve or Parameter graph,
and to save the impulse response plot, on Save IR graph.

Lastly, the results can be exported to a . t xt or . csv file for documentation, visualization, or further
comparison of the acoustic characteristics of the analyzed space.

¢ Error Messages

To prevent the application from failure or crashing due to incorrect input data, it displays several alerts
when any of the input parameters are invalid. If a negative window size is entered, the program notifies
the user of the error and urges them to change its value. If the selected impulse limits exceed those of the
original signal (such as a negative start time or an end time longer than the audio length), an error message
is displayed. Additionally, if a very short impulse duration is selected, a warning is shown indicating that
the results may not be representative of the signal, although the calculation is still performed. If the user
clicks ’'Save Energy Decay curve or Parameter graph’ and there is none, a warning appears. Lastly, if
the "Calculate Parameters’ button is pressed without having loaded a file, a message appears informing
the user that no file has been loaded.

d Optimization

Early code versions took a considerate amount of time to process, around 100 seconds. Following several
optimization improvements, processing time was significantly reduced to around 10 seconds. Main
optimization techniques include the utilization of Numba and ThreadPool libraries. Numba allows for
low-level language execution hence reducing each commands processing time, while ThreadPool enables
multi-thread processing which means several orders can be executed in parallel.

e Validation - Comparison with Alternative Softwares

In order to validate the obtained results, a comparison was made between them and two widely available
acoustic processing softwares: Aurora and Easera. For this purpose, a stereo room impulse response
from the OpenAIR database was used —specifically, the file usina_main_sI_p1, which corresponds to a
measurement taken at Usina del Arte Auditorium [16]. The RIR was processed using a 50 ms window
and without applying the reversed RIR technique.

5 Results and Analysis

a Acoustical Parameters

For the Usina del Arte’s impulse response, comparisons between C50, C80, EDT, T20, T30, and IACC
values are shown in Figures 4, 5, 6, 7, 8, and 9, along with their corresponding percentage differences.
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Comparison of C50
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Figure 4: C50 comparison.

For the parameter C5( (Figure 4), differences of less than 6% were obtained for almost all bands,

except for the 125 Hz band (13.4%). Overall, the results show that the percentage difference tends to
stabilize with frequency.
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Figure 5: C80 comparison.

For the Cg parameter (Figure 5), the percentage differences remain below 5% in all cases, except
for the 250 Hz band when compared with Easera (9.1%). Similar to the C'sq results, a stabilization trend
is observed with increasing frequency. In general, for the Clarity parameters the results show smaller
differences when compared with Auro ra than with Easera. Moreover, the two tested software tools also
show differences between each other in the mentioned bands.
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Comparison of EDT
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Figure 6: EDT comparison.

In the case of the £ DT parameter (Figure 6), the differences with both reference software packages
are generally similar. However, a significant rise in deviation is observed in the 500 Hz band, with values
reaching around 30%, which clearly differs from the behavior observed in the other bands.

Using the same signal with a much smaller window size (5 ms instead of 50 ms), a value of 1.25 s
was obtained in that frequency band, with a difference of less than 3% for both softwares. Therefore, this
outlier can be attributed to the use of the moving median filter. Regarding the use of filtering in the other
apps, the Aurora manual does not mention any smoothing stage [7] while Easera includes one, although

it is not easily accessible to the user. As a result, it is likely that the average user leaves the window size
at its default value (35 ms) [11].
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Figure 7: T20 comparison.
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Figure 8: T30 comparison.

For the Thg and T35 parameters (Figures 7 and 8), the differences do not exceed 4% in general, except
for the 31.5 H z band, where the T3, shows a deviation of 10.4%. It can be observed that results obtained
for each parameter are similar, although greater deviations are evident at low frequencies. In the case of
T50, the comparison with Aurora showed a deviation greater than 40%, but this value was excluded from
the graph to improve its readability. This difference may be due to differences in decay onset detection or
to the limited effectiveness of the octave-band filtering at that frequency, both of which can significantly
affect the accuracy of 75y and T3 estimations.
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Figure 9: IACCearly comparison.

For the IACC, parameter (Figure 9), contrary to the others, the results show smaller differences
at low frequencies. This can be explained by the sound source behavior being more omnidirectional
in this range, resulting in minimal differences between the left and right channels, due to the longer
wavelengths. Since all of the software perform a similar procedure regarding the correlation between
channels, it is logical that the obtained differences are minimal. Regarding the behavior at high fre-
quencies, a significant deviation is observed at 2 kHz with Easera. Nevertheless, the high percentage

10
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difference can be explained by the low IACC values in this band, whereby a small variation results in a
large relative difference.

In Figure 10 is shown the T} and £ DT} by frequency bands. There is no software available to com-
pare these frequency-specific values. Results were evaluated by comparison with the Texture Analyzer
software, which calculates a global value.
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Figure 10: Tt and EDTt values.

Table 2 presents all parameters global values compared with the reference software. E DT, Ty, T5
and I AC'C, are compared against Aurora (because its inclusion of the lower frequency bands) , while 7}
and ' DT; are compared against Texture Analyzer.

Table 2: Acoustic parameters comparison.

Parameter | EDT [s] T20[s] T30[s] C50[dB] C80[dB] Tt[ms] EDTt[s] IACCe
IR Analyzer 1.39 1.66 1.70 -0.15 3.48 500 1.48 0.54
Other 1.34 1.66 1.73 0.60 3.52 451 1.49 0.53
Difference 3.58% 0.1% 1.65% 0.75 0.04 10.77%  0.34% 0.016
JND 5% 5% 5% 1dB 1dB - 5% 0.075

It can be observed that the difference in all parameters is smaller than the Just Noticeable Difference
(JN D). This perceptual threshold evaluates, as its name suggests, the minimum change noticeable by a
person, and it is particularly useful when comparing results [1]. IR Analyzer provides results that do not
exceed the JN D, which means the obtained values can be considered very close to those of commercial
software.

In the case of T}, no specific IND study is known. However, center time (7) can be used instead,
as this parameter represents the energy center of gravity of the impulse response and is often taken as
an approximation of the transition time. Therefore, it is the most appropriate JND for this comparison,
with a value of 10 ms [17]. In this case, the difference exceeds this value by approximately a factor of
five. However, it’s important to note that this is a different parameter JND, and there is no other available
software that calculates the transition time for its comparison.

b Reversed RIR and Window Size

The RIR from the Usina, analyzed in the previous section, was processed in third-octave bands both with
and without time reversal. The results were virtually identical in both cases. Subsequently, a shorter

11
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RIR from the OpenAlIR database -specifically, the recording from Koli National Park (Winter) [18]- was
tested under the same conditions, yielding no observable differences either.

Step-by-step plotting of the processing pipeline confirms that the RIR is indeed reversed; however,
no evidence of filter ringing extending towards the right (i.e., forward in time) is observed. This suggests
that the reversal may only become relevant in environments with very short reverberation times—such
as control rooms or anechoic chambers—where filter ringing could become significant in relation to the
overall decay, particularly at low frequencies.

Figure 11 shows EDT, T5q, and T3g parameters for different moving median filter window sizes.
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Figure 11: EDT, T20 and T30 for different MMF window sizes.

The results show that the size of the median filter window has little to no significant impact on the
T20 and T30 parameters. In general, values remain consistent across the three tested window sizes,
with some localized differences at low frequencies—most notably in the 31.5 Hz band—where estimates
show greater variability.

In contrast, the EDT parameter exhibits a clear dependence on the window size. In particular, the
largest window (500 ms) produces consistently higher values across the spectrum. This could be ex-
plained by excessive smoothing masking the initial decay in the energy curve, resulting in a linear re-
gression over a shallower slope, and therefore, a higher EDT value.

Notably, the EDT at 500 Hz using a 5,,,s window closely matches the result obtained previously with
Aurora and Easera (approximately 1.2 s), suggesting that those software tools may be applying relatively
short smoothing windows in their £ DT estimation.

6 Conclusions

The developed application yields results very close to those of industry-standard software, with differ-
ences below the just noticeable difference. It was found that the window size of the moving median filter
can significantly influence the results on low frequencies and when outliers are present in the signal.
This also suggests that the compared software tools either do not apply smoothing or use a much shorter
window than the one implemented in IR Analyzer for the analysis carried out in this report.

12
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The analysis of the transition time presents a particular case, as only one software tool estimates it,
and only as a global value. Therefore, it is not possible to perform a precise frequency-based comparison,
nor to compare across multiple applications, which may also differ from one another. This limitation also
applies to EDT;.

Looking ahead, there is the possibility that users may not need to have Python installed on their
computers to run the application. Among the options being considered are the use of an installer that
packages all the necessary files and creates a desktop shortcut, as well as an online implementation hosted
on a web platform such as Streamlit [19].

Future improvements could also include extending the code to allow loading a logarithmic sine sweep
(LSS) together with its corresponding inverse filter, enabling deconvolution and impulse response extrac-
tion directly within the application. Additionally, implementing noise compensation algorithms such as
the method proposed by Lundeby et al. could enhance the robustness and reliability of the estimated
acoustic parameters, particularly in low signal-to-noise ratio conditions.

13
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7 Annex

a Python Code
i GULpy

# —#— coding: utf-8 —#-

import tkinter as tk

from tkinter import filedialog, ttk

import numpy as np

from scipy.io import wavfile

import matplotlib.pyplot as plt

from matplotlib.backends.backend tkagg import FigureCanvasTkAgg
plt.ioff ()
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import random

import csv

from PIL import Image, ImageTk
import tkinter.messagebox as msgbox
import ctypes

#.py WITH ACOUSTIC CALCULATIONS FUNCTIONS
import procesamiento_rir as proc

#DEFINING CLASS
class IRAnalyzerApp:
def _ init_ (self, root):

# ——— Initial values ——-

self.root = root

self.root.title("IR Analyzer")
self.root.geometry ("1100x680")
self.root.iconbitmap ("logo_icono2.ico")

# Logo in the window icon

ctypes.windll.shell32.SetCurrentProcessExplicitAppUserModelID (u"IRAnalyzer")

self.root.iconbitmap ("logo_icono2.ico")

self.fs = None

self.signal = None

self.label_nofile = None
self.stereo_signal = None
self.calculated_parameters = None
self.tt_global,self.edtt_global=None, None
self.tt,self.edtt = None,None

# Contextual menu to save image
self.popup_menu = tk.Menu(self.root, tearoff=0)

self.popup_menu.add_command (label="Save IR graph", command=self.save_IR_image)

self.popup_menu.add_command (label="Save Energy Decay or Parameter graph",

#self.calculated = 0 at the beginning and = 1 after parameters are calculated.

# It's used for not drawing Schroeder without parameters calculated.
self.calculated = 0

# Frame file 1 and 2

self.frame_12 = ttk.LabelFrame (root)

self.frame_12.pack (fill="both", expand=True, padx=5, pady=5)
# ——— LOGO ——-—

# Loading image

# self.image_original = Image.open("logoIR.png")
# self.image_redim = self.image_original.resize( (120, 120), Image.ANTIALIAS)
# self.image _tk = ImageTk.PhotoImage (self.image_redim)

self.image_original = Image.open ("logoIR.png")

self.image_redim = self.image_original.resize((120, 120), Image.Resampling.LANCZ

self.image_tk = ImageTk.PhotoImage (self.image_redim)
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# Image label

self.label_image = tk.Label (self.frame_12, image=self.image_tk)
self.label_image.image = self.image_tk # save it so it doesn't get deleted by c
self.label_image.pack(side="left', padx=5, pady=5)

# ——— Load WAV file ——-

#load wav frame
self.frame_file = ttk.LabelFrame(self.frame_12, text="1. Load WAV")
self.frame_file.pack (fill="x", padx=10, pady=5)

#Text
self.label_file = ttk.Label (self.frame_file, text="No file selected")
self.label_file.pack(side="1left", padx=5)

#Button
self.btn_load = ttk.Button(self.frame_file, text="Select file", command=self.loc
self.btn_load.pack(side="right", padx=5)

# ——— Processing options ——-—

# processing options frame

self.frame_options = ttk.LabelFrame (self.frame_12, text="2. Processing options")
self.frame_options.pack (fill="x", padx=10, pady=5)
self.frame_options.columnconfigure (5, weight=1)

# Window size

ttk.Label (self.frame_options, text="Window size [ms]:").grid(row=0, column=0, paz
self.entry_window = ttk.Entry(self.frame_options)

self.entry_window.insert (0, "50")

self.entry_window.grid(row=0, column=1, padx=5, pady=b5)

# Select type of bands

self.filter_var = tk.StringVar (value="octave")

ttk.Label (self.frame_options, text="Filter:").grid(row=0, column=2, padx=5)
ttk.Radiobutton(self.frame_options, text="Octave", variable=self.filter_var, val
ttk.Radiobutton(self.frame_options, text="Octave-third", variable=self.filter_vs

# Frequency bins determination
selected_filter = self.filter_var.get ()

if selected_filter == "octave":

self.freqs = [31.5, 63, 125, 250, 500, 1000, 2000, 4000, 8000]
else: # Octave-third

self.freqgs = [25, 31.5, 40, 50, 63, 80, 100,

125, 160, 200, 250, 315, 400, 500, 630, 800, 1000,
1250, 1600, 2000, 2500, 3150, 4000, 5000, 6300, 8000,
10000]

# Select time limits of the RIR
ttk.Label (self.frame_options, text="Start time [s]:").grid(row=1, column=0, padx
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self.entry_tmin = tk.Entry(self.frame_options, fg="gray")
self.entry_tmin.grid(row=1, column=1)

self.entry_tmin.insert (0, "0.000")

self.entry_tmin.bind ("<FocusIn>", lambda e: self.clear_placeholder(self.entry_tn
self.entry_tmin.bind ("<FocusOut>", lambda e: self.restore_placeholder (self.entry

ttk.Label (self.frame_options, text="End time [s]:").grid(row=1, column=2, padx=:-
self.entry_tmax = tk.Entry(self.frame_options, fg="gray")
self.entry_tmax.grid(row=1, column=3)

self.entry_tmax.insert (0, "full length")

self.entry_tmax.bind("<FocusIn>", lambda e: self.clear_placeholder (self.entry_tn
self.entry_tmax.bind("<FocusOut>", lambda e: self.restore_placeholder (self.entry

#Change limits button
self.btn_limits = ttk.Button(self.frame_options, text="Change limits", command=s
self.btn_limits.grid(row=1, column=4, padx=10)

# Reversed RIR

self.reversed_var = tk.BooleanVar ()

self.check_reversed = ttk.Checkbutton(self.frame_options, text="Use reversed RIE
self.check_reversed.grid(row=0, column=5, padx=10)

# Calculate parameters button
self.btn_calculate = ttk.Button(self.frame_options, text="Calculate acoustical ¢
self.btn_calculate.grid(row=1, column=6, padx=10, sticky="e")

# ——— Results and graphics —--—

#Results frame
self.frame_results = ttk.LabelFrame (root, text="Results")
self.frame_results.pack (fill="both", expand=True, padx=10, pady=b5)

#Graphic and export buttons frame
self.frame_graphic = tk.Frame (self.frame_results, bg="white")
self.frame_graphic.pack (side="top", fill="both", expand=False)

# IR frame
self.graph_frame = tk.Frame (self.frame_graphic, bg='white')
self.graph_frame.pack (side="left', fill='both', expand=False)

# Buttons frame
self.buttons_frame = tk.Frame(self.frame_graphic, bg='white')
self.buttons_frame.pack(side="'right', fill='y', padx=10, pady=10)

# Export buttons
self.btn_export_csv = tk.Button(self.buttons_frame, text="Export to .csv", comme
self.btn_export_csv.pack (side="bottom",pady=5, fill='x")

self.btn_export_txt = tk.Button(self.buttons_frame, text="Export to .txt", comms
self.btn_export_txt.pack(side="bottom",pady=5, fill='x")

# Channel L or R

self.btn_IL = tk.Button(self.buttons_frame, text="Channel L", command=self.channe
self.btn_L.pack(side="top", pady=5, fill='x")
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self.btn_R = tk.Button(self.buttons_frame, text="Channel R", command=self.channe

self.btn_R.pack(side="top",pady=5, fill='x")

# Frame down
self.frame_down = tk.Frame(self.frame_results)
self.frame_down.pack (side="bottom", fill="both", expand= True)

self.frame_down.configure (bg='white')

self.frame_down.rowconfigure (0, weight=1)
self.frame_down.columnconfigure(l, weight=1)

# RIR graphic
self.fig ir, self.ax_ir = plt.subplots(figsize=(5, 1.8))
self.ax_ir.set_title ("Impulse Response")

self.canvas_ir = FigureCanvasTkAgg(self.fig_ir, master=self.frame_graphic)

self.canvas_ir.get_tk_widget () .pack (fill="x", ipadx=0, ipady=0)
self.canvas_ir.get_tk_widget () .bind ("<Button-3>", self.show_menu)

self.ax_ir.set_xlabel ("Time [s]", fontsize=6, fontweight="bold")

self.ax_ir.set_ylabel ("Normalized Level", fontsize=6, fontweight="bold")

self.ax_ir.set_title("Impulse Response", fontsize=7, fontweight="bold")

# Reduce size of numbers 1in axes
self.ax_ir.tick_params(axis='x', labelsize=5.5)
self.ax_ir.tick_params (axis='y', labelsize=5.5)

# Frame containing the table and the scrollbar
self.frame_table = tk.Frame(self.frame_down)
self.frame_table.grid(row=0, column=1, padx=3)

# Table

self.tree = ttk.Treeview(self.frame_table, columns=(), show='headings',
columns = ([str(f) for f in [31.5, 63, 125, 250, 500, 1000, 2000, 4000,
self.tree["columns"] = columns

self.tree["show"] = "tree headings"

self.tree.heading ("#0", text="Freq [Hz]")
self.tree.column ("#0", width=60, stretch=False)

for freq in [31.5, 63, 125, 250, 500, 1000, 2000, 4000, 8000]:
self.tree.heading (freq, text=f"{freq}")
self.tree.column (freq, width=45, anchor="center", stretch=False)

for i, name_param in enumerate(["EDT","T20", "T30", "C50", "C80", "Tt",

fi le = [ nm_mn n n n n n n n n n n n n n n n n ]

’ 14 ’ ’ 14 ’ 14 r

self.tree.insert ("", "end", text=name_param, values=file)

# Scrollbar horizontal (ACTUAL)

height=¢

8000711

IIEDTt n , "

self.scroll_x = ttk.Scrollbar (self.frame_table, orient="horizontal", command=sel
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mmwn

mmn

def

self.tree.configure (xscrollcommand=self.scroll_x.set)

# Ubication

# self.tree.pack (side="top",

# self.scrol

self.tree.gr

£ill="both",

1_x.pack(side="bottom", fill="x")

id(row=0, column=0, sticky

_"nSeW")

self.scroll_x.grid(row=1, column=0, sticky="ew")

# Configure grid so the treeview expands
able.rowconfigure (0, weight=1)
able.columnconfigure (0, weight=1)

self.frame_t
self.frame_t

# Vincule click for bars graphic and Schroeder

self.tree.bi
self.root.bi

# Schroeder
self.fig_sch
self.ax_sch.
self.ax_sch.
self.ax_sch.
self.canvas_

self.canvas_sch.get_tk_widget () .grid(row=0, column=0, padx=2)

# Bars graph
self.fig _bar
self.ax_bars

self.canvas_barras = FigureCanvasTkAgg(self.fig_bars,

nd ("<ButtonRelease-1>", self.on_treeview_click)

nd_all ("<Button—-1>", self.on_root_click,

inverse integral graphic

, self.ax_sch = plt.subplots(figsize=(5,

axis('off'")

set_xlabel ("Time [s]", fontsize=5)
set_ylabel ("Level [dB]",fontsize=5)
sch = FigureCanvasTkAgg(self.fig_sch, master=self.frame_down)

ic

expand=True)

add="+")

2.

s, self.ax_bars = plt.subplots(figsize=(5,

.axis('off!")

5))

2.5))

master=self.frame_down)

# Actual graphic is used to the software known if it's graph decay or bars.

# Starts as
self.actual_;

Functions —--

None
graphic = None

export_table_to_csv(self):

filename = filedialog.asksaveasfilename (defaultextension=".csv",
if filename:
with open(filename, mode='w', newline='"', encoding='utf-8")
writer = csv.writer (file)
# Head
writer.writerow(["Parameter/Frequency"]
# Rows
for item_id in self.tree.get_children():
row_name = self.tree.item(item_id) ["text"]
row_values = self.tree.item(item_id) ["values"]

writer.writerow ([row_name]

def export_table_to_txt (self):

filename = filedialog.asksaveasfilename (defaultextension=".txt",

if filename:
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def

def

def

with open(filename, mode='w', encoding='utf-8') as file:
#Head
file.write ("Parameter/Frequency\t" + "\t".join(self.tree["columns"]) + "
#Rows
for item_id in self.tree.get_children():
row_name = self.tree.item(item_id) ["text"]
row_values = self.tree.item(item_id) ["values"]

file.write (f"{row_name}\t" + "\t".Jjoin(str(v) for v in row_values) +

on_root_click(self, event):
# Check if there is a click outside Treeview
widget = event.widget
if widget not in (self.tree, self.entry_window, self.entry_tmin, self.entry_tmax
# Desmark selection and focus
self.tree.selection_remove (self.tree.selection())
self.tree.focus("")
self.graph_schroeder ()
clear_placeholder(self, entry, placeholder):
if entry.get () == placeholder:
entry.delete (0, tk.END)
entry.config(fg="black")
calculate_parameters(self):
# Obtain given limits
try:
t_min_str = self.entry_tmin.get ()
t_max_str = self.entry_tmax.get ()
t_min = float (t_min_str) if t_min _str != "0.000" else 0.0
if t_max_str == "full length":
t_max = len(self.signal) / self.fs
else
t_max = float (t_max_str)

# Validate
if t_min > t_max:
t_min, t_max = t_max, t_min

except ValueError:
t_min = 0.0
t_max = len(self.signal) / self.fs

# Proccesing RIR with limits given
if self.stereo_signal is not None:
self.rir_final stereo =[]
self.rir_final_stereo.append(self.stereo_signal[:, 0] [int (t_minxself.fs) :int
self.rir_final_ stereo.append(self.stereo_signal[:, 1][int (t_minxself.fs) :int
else:
self.rir_final = self.signal[int (t_minxself.fs):int (t_max*self.fs)]

#Schroeder integral array
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if self.stereo_signal is not None:
etc_stereo = []
etc_stereo.append(proc.calcular_etc(self.rir_final_stereo([0]))
etc_stereo.append(proc.calcular_etc(self.rir_final_stereo[1l]))

self.sch_db_stereo = []
self.sch_db_stereo.append(proc.schroeder_reverse_integral_ numba (etc_stereo[C(
self.sch_db_stereo.append(proc.schroeder_reverse_integral_ numba (etc_stereoll

if self.active_channel == "L":
self.sch_db = self.sch_db_stereo[0]
else:
self.sch_db = self.sch_db_stereo[l]

else:
etc = proc.calcular_etc(self.rir_final)
self.sch_db = proc.schroeder_reverse_integral_ numba (etc)

#Simulated values
if self.stereo_signal is not None:
self.calculated _parameters = ([],[])
for i in range(2):
# Generar datos simulados: matriz [parametro] [frecuencial
for _ 1in self.parameters:
file = [round(random.uniform(0.3, 2.5), 2) for _ in self.fregs]
self.calculated parameters[i].append(file)
if self.active_channel == "L":
values = self.calculated parameters[0]
else:
values = self.calculated_parameters|[1]

else:
# Generar datos simulados: matriz [parametro] [frecuencia]
values = []
for _ 1in self.parameters:
file = [round(random.uniform (0.3, 2.5), 2) for _ in self.freqgs]
values.append (file)

#Calculate parameters function

if self.stereo_signal is not None:
self.IACC_array = proc.IACCearly_por_banda(self.rir_final stereo[0],self.rir
self.calculated_parameters = [0,0]
self.tt_global,self.edtt_global =[0,0],[0,0]

self.calculated_parameters[0],self.tt_global[0],self.edtt_global[0] = proc.rg
self.calculated_parameters|[1l],self.tt_global[l],self.edtt_global[l] = proc.g
if self.active_channel == "L":

values = self.calculated_parameters[0]

self.tt = self.tt_globall0]
self.edtt = self.edtt_globall[0]
else:
values = self.calculated_parameters[1]
self.tt = self.tt_global[0]
self.edtt = self.edtt_globall0]
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def

else:

values,self.tt,self.edtt = proc.procesar_rir_completo(self.rir_final,self.fs

self.update_table(self.fregs, self.parameters, values)

self.canvas_sch.get_tk_widget () .grid(row=0, column=0, padx=2)

self.graph_schroeder ()

self.calculated = 1
self.label_calculating.config(text="Done!")
print ("Done!")

self.values_parametros = values
self.plot_signal ()

calculate_parameters_from_button(self) :

if self.signal is None:
if self.label_nofile is not None:
pass
else:

self.label_nofile = ttk.Label(self.frame_options,

self.label_nofile.grid(row=0, column=6, padx=10)

return

if self.label nofile is not None:
self.label_nofile.grid_forget ()

try:
window_ms = float (self.entry_window.get ())
if window_ms < 0.1:

msgbox.showerror ("Error", "Enter a valid window size.")

return
except ValueError:

msgbox.showerror ("Error", "Window size must be positive.")

return

if self.entry_tmax.get () == "full length":
pass

elif float(self.entry tmax.get()) < 0.3:

msgbox.showwarning ("Warning", "IR length may be too low.")

print ("Warning: IR length may be too low.")

self.label_calculating = ttk.Label (self.frame_options,
self.label_calculating.grid(row=0, column=6, padx=10)

if self.stereo_signal is not None:
print ("Stereo signal")

else:

print ("Mono signal")
print ("-————————————— ")
print ("Processing options:")
print (f"- Window size: {self.entry_window.get ()} ms")
print (f"- Filter type: {self.filter_var.get()}")
print (f"- Reversed RIR: {self.reversed_var.get()}l")

# Frequency bins determination
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def

def

filtro = self.filter_var.get ()
if filtro == "octave":
self.freqs = [31.5, 63, 125, 250, 500, 1000, 2000, 4000, 8000]
else: # Octave-third
self.fregs = [25, 31.5, 40, 50, 63, 80, 100,
125, 160, 200, 250, 315, 400, 500, 630, 800, 1000,
1250, 1600, 2000, 2500, 3150, 4000, 5000, 6300, 8000,
10000]
self.parameters = ["EDT","T20", "T30", "C50", "Cg80", "Tt", "EDTt","IACC_e"]

# Calculating parameters in other function in order to label_ calculating appears
self.root.after (100, self.calculate_parameters)

update_table(self, fregs, parameters, values):
self.tree.delete(*self.tree.get_children{())

columns = [str(f) for f in fregs]
self.tree["columns"] = columns
self.tree["show"] = "tree headings"

self.tree.heading ("#0",
self.tree.column ("#0",

text="Freq [Hz]")
width=80, stretch=False)

for freq in fregs:
self.tree.heading(freq,
self.tree.colunmn (freq,

text=f"{freq}")

width=45, anchor="center", stretch=False)

for i, name_param in enumerate (parameters) :
file = values|[i]
self.tree.insert ("", "end", text=name_param, values=file)

graph_schroeder (self) :

# Delete graphic is there is one existing

if self.actual_graphic is not None:
self.actual_graphic.get_tk_widget () .destroy ()

self.actual_graphic = None
fig, ax = plt.subplots(figsize=(5, 2))
ax.axis('on'")
ax.plot (np.linspace (0, len(self.sch_db)/self.fs,len(self.sch_db)), self.sch_db)
ax.set_title ("Energy Decay", fontsize=6, fontweight="bold", pad=3)
ax.set_xlabel ("Time [s]", fontsize=5, fontweight="bold", labelpad=0.5)
ax.set_ylabel ("Level [dB]",fontsize=5, fontweight="bold", labelpad=2)

ax
ax.
ax
fig

sel
sel
sel
sel

.tick_params (axis="'x",

tick_params (axis='y',

.grid(True)

.tight_layout ()

f.actual_graphic =

labelsize=4.5)
labelsize=4.5)

FigureCanvasTkAgg (fig,

master=self.frame_down)

f.actual_graphic.get_tk_widget () .grid(row=0, column=0, padx=2)
f.actual_graphic.draw ()

f.actual_graphic.get_tk_widget () .bind ("<Button-3>",
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def on_treeview_click(self, event):

# See what parameter on the table is clicked
item_id = self.tree.focus()
if not item_ id:

return

# Delets previous graphic on the position if there is one

if self.actual_graphic is not None:
self.actual_graphic.get_tk_widget () .destroy ()
self.actual_graphic = None

name_param = self.tree.item(item_id) ["text"]

values = [float (value) for value in (self.tree.item(item_id) ["values"])]
fregs_float = [float(col) for col in self.tree["columns"]]

fregs = [int (f) if float (f) == int (f) else float(f) for f in freqgs_float]

fig, ax = plt.subplots(figsize=(5, 2))
ax.axis('on'")

# Width calculated to avoid superposition of bars
if len(fregs) < 11:

widths = np.diff (np.append(freqs, fregs[-1] % 2)) = 0.6
else:

widths = np.diff (np.append(freqgs, freqgs[-1] * 1.25)) * 0.6

ax.bar (fregs, values, width=widths, align='center', color='skyblue', edgecolor="

# Set graph title

if name_param != "C50" and name_param != "C80" and name_param!= "IACC_e":
ax.set_title (f"{name_param} [s]", fontsize=5, fontweight="bold")

elif name_param == "IACC_e":
ax.set_title (f"{name_param}", fontsize=6, fontweight="bold")

else:
ax.set_title (f"{name_param} [dB]", fontsize=5, fontweight="bold")

ax.set_xlabel ("Freq [Hz]",fontsize=5)
ax.set_xscale("log")

ax.set_xticks (freqgs)
# Set x ticks for good representation

if len(fregs) > 11:
visible_freqs = []

i=20
for £ in fregs:
if i == 0:
visible_fregs.append(£f)
i =3
else:
visible_fregs. append("")
i —=1
else:
visible_fregs = fregs

ax.set_xticklabels (visible_freqgs, ha='center')
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def

def

ax.tick_params (axis='x"', labelsize=5.5)
ax.tick_params (axis='y', labelsize=5.5)

ax.grid(True

4

which='major', axis="y", linestyle='

fig.tight_layout ()

self.actual_graphic
self.actual_graphic
self.actual_graphic
self.actual_graphic

1
14

linewidth=0.7)

= FigureCanvasTkAgg (fig, master=self.frame_down)

.get_tk_widget () .grid(row=0, column=0, padx=2)

.draw ()

.get_tk_widget () .bind ("<Button-3>",

restore_placeholder (self, entry, placeholder):

#Sets default values for boxes

if not entry.get():
entry.insert (0,
entry.config(fg="gray")

load_file(self):

file loaded

filedialog.askopenfilename (filetypes=[ ("WAV files",

if file_loaded:
self.label_file.config(text=file_loaded.split ("/")[-1])

self.fs,

data =

placeholder)

wavfile.read(file_loaded)

# Convert to float 1if it's intlé

if data.dtype

data

= data

elif data.dtype

data

= data

#Stereo or mono

== np.intlé6:

/ 32768.0
== np.int32:
/ 2147483648.0

if len(data.shape) == 2:
self.stereo_signal = data
self.signal = datal:, 0] # For default:
self.active_channel = "L"
else:
self.stereo_signal = None

self.

signal

self.calculated

= data

= None

# Times by default
len(self.signal) / self.fs

length =

self.entry_ tmin.
self.entry_tmin.
self.entry_tmin.

self.entry_tmax.
self.entry_tmax.
self.entry_tmax.

delete (0, tk.END)
insert (0, "0.000™)
config (fg="gray")

delete (0, tk.END)
insert (0, "full length")
config (fg="gray")

self.tt_global,self.edtt_global=None,None
self.tt,self.edtt = None,None
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self.plot_signal ()

def plot_signal (self):

if self.signal is None:
return

self.ax_ir.clear ()
t = np.arange (len(self.signal)) / self.fs
self.ax_ir.plot(t, self.signal)

# Obtain given limits

try:
t_min_str self.entry_tmin.get ()
t_max_str = self.entry_tmax.get ()

t_min = float (t_min_str) if t_min_str != "0.000" else 0.0
if t_max_str == "full length":
t_max = len(self.signal) / self.fs

t_max = float (t_max_str)

# Validate
if t_ min > t_max:
t_min, t_max = t_max, t_min

except ValueError:
t_min = 0.0
t_max = len(self.signal) / self.fs

# Drawing limits Iine
self.ax_ir.axvline (x=t_min, color='green', linestyle='--")
self.ax_ir.axvline (x=t_max, color='red', linestyle='--")

#Drawing Tt line and Tt and EDTt text

if self.tt is not None and self.edtt is not None:
self.ax_ir.axvline (x=self.tt, color='blue', linestyle='-")
self.ax_ir.text (self.tt + 0.02, self.ax_ir.get_ylim() [0] + 0.9 =

(self.ax_irv

"Tt", color="blue', ha='left', va='top', fontsize=8,bbox=dict (facecolor="white',

self.ax_ir.text (0.4, 0.8, f"Tt = {self.tt:.2f} s EDTt = {self.edtt:.2f} =

self.ax_ir.set_xlabel ("Time [s]", fontsize=6, fontweight="bold", labelpad=0.5)
self.ax_ir.set_ylabel ("Normalized Level", fontsize=6, fontweight="bold", labelps

# Reduce size of axes numbers
self.ax_ir.tick_params (axis="'x', labelsize=5.5)
self.ax_ir.tick_params(axis='y', labelsize=5.5)

if self.stereo_signal is not None:

self.ax_ir.set_title("Impulse Response " + "Channel " + self.active_channel,

else:

self.ax_ir.set_title("Impulse Response", fontsize=7, fontweight="bold")

self.ax_ir.grid()
self.fig ir.tight_layout ()
self.canvas_ir.draw()
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def update_vertical_lines(self):

try:
if float(self.entry_tmin.get()) < 0:
msgbox.showerror ("Error", "Start time less than zero.")
return

except ValueError:
msgbox.showerror ("Error", "Start time less than zero.")

return
try:
if self.entry_tmax.get () == "full length":
pass
elif float(self.entry_tmax.get()) > len(self.signal)/self.fs:
msgbox.showerror ("Error", "End time greater than signal length.")
return

except ValueError:
msgbox.showerror ("Error", "End time greater than signal length.")
return

if self.signal is not None:
self.plot_signal ()

def channel_L(self):

if self.stereo_signal is not None and self.calculated == 1:
self.active_channel = "L"
self.sch_db = self.sch_db_stereo[0]
self.signal = self.stereo_signall:, 0]

self.tt,self.edtt = self.tt_globall0],self.edtt_globall[0]
self.plot_signal ()

self.update_table(self.freqgs, self.parameters, self.calculated_parameters[0]
self.canvas_sch.get_tk_widget () .grid(row=0, column=0, padx=2)

self.graph_schroeder ()

def channel_R(self):

if self.stereo_signal is not None and self.calculated == 1:
self.active_channel = "R"
self.sch_db = self.sch_db_stereo[1l]
self.signal = self.stereo_signall:, 1]

self.tt,self.edtt = self.tt_global[l],self.edtt_globalll]
self.plot_signal ()

self.update_table(self.freqgs, self.parameters, self.calculated_parameters[1]
self.canvas_sch.get_tk_widget () .grid(row=0, column=0, padx=2)
self.graph_schroeder ()

def show_menu(self, event):
try:
self.popup_menu.tk_popup (event.x_root, event.y_root)
finally:
self.popup_menu.grab_release()

def save_image (self) :

if self.actual_graphic is None:
msgbox.showwarning ("Warning”", "No energy decay or parameter graph.")
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print ("No energy decay or parameter graph.")
return
filename = filedialog.asksaveasfilename (defaultextension=".png",
filetypes=[ ("PNG", "x.png"), ("All file
if filename:
self.actual_graphic.figure.savefig(filename)

def save_IR_image (self):

if name == main

filename = filedialog.asksaveasfilename (defaultextension=".png",
filetypes=[ ("PNG", "«.png"), ("All file
if filename:
self.canvas_ir.figure.savefig(filename)

root = tk.Tk()
app = IRAnalyzerApp (root)

root.mainloop ()

ii procesamiento_rir.py

impo
impo
from
from
from
from
from
from

def

def

rt numpy as np
rt pandas as pd

scipy.signal import hilbert, firwin, fftconvolve, medfilt
scipy.stats import linregress

concurrent . futures import ThreadPoolExecutor

numba import nijit

scipy.ndimage import uniform filterld

scipy.stats import linregress

——————————————————————————— TRUNCAMIENTO INICIAL —————————————————————————————
truncado_inicial (rir, fs=None, margen_ms=0) :
envolvente = np.abs (hilbert (rir))

idx_max = np.argmax (envolvente)

if fs is not None and margen_ms > 0:
muestras_margen = int (fs % (margen_ms / 1000))
idx_inicio = max (0, idx_max - muestras_margen)

else:
idx_inicio = idx_max

return rir[idx_inicio:]

——————————————————————————— FILTRADO ULTRA RAPIDO —————————————————————————————
filtrar_banda_fir(fc, low, high, rir, fs, reversed=False, numtaps=1024):

fir = firwin (numtaps, [low, high], pass_zero=False, fs=fs)

if reversed:

rir = rir[::-1]

rir_filtrada = fftconvolve(rir, fir, mode='same') [::-1]
else:

rir_filtrada = fftconvolve(rir, fir, mode='same')

return fc, rir_filtrada
filtrar_por_bandas(rir, fs, modo='octave', reversed=False):

sgrt2 = np.sqgrt (2)
bandas = {
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'octave': [31.5, 63, 125, 250, 500, 1000, 2000, 4000, 80007,

'third': [25, 31.5, 40, 50, 63, 80, 100, 125, 160, 200, 250, 315,
400, 500, 630, 800, 1000, 1250, 1600, 2000, 2500, 3150,
4000, 5000, 6300, 8000, 10000]

if modo not in bandas:
raise ValueError ("Modo invalido. Usar 'octave' o 'third'.")

fc_list = np.array (bandas[modo])
fl = fc_list / sqrt2
f2 = fc_list » sqrt2

with ThreadPoolExecutor () as executor:
results = list (executor.map (
lambda args: filtrar_banda_fir(*xargs, rir=rir, fs=fs, reversed=reversed),
zip(fc_list, f1, £2)
))

return results

def calcular_etc(rir):
h = hilbert (rir)
energia = np.abs(h) ** 2
return energia / np.max(energia + le-12)

def calcular_tamano_ventana_mm(fs, ventana_ms) :
muestras = int ((ventana_ms / 1000) =* fs)

[o)

return muestras + 1 if muestras % 2 == 0 else muestras

def aplicar_mmf (etc, tamano_ventana) :
return medfilt (etc, kernel_size=tamano_ventana)

@njit
def schroeder_reverse_integral_numba (etc) :
energia = np.cumsum(etc[::-1]) [::-1]

energia /= energial[0] + le-12
sch_db = 10 » np.logl0O(energia + le-12)
return sch_db

def procesar_etc_con_mmf (rir, fs, ventana_ms) :

etc = calcular_etc(rir)

ventana = calcular_tamano_ventana_mm(fs, ventana_ms)
etc_suavizada = aplicar_mmf (etc, ventana)

sch_db = schroeder_reverse_integral_numba (etc_suavizada)

return etc_suavizada, sch_db

A et EXPORTAR A CSV ——————————
def exportar_parametros_csv (param_dict, ruta, nombre_archivo="parametros.csv"):
df = pd.DataFrame (param_dict).T

df = df.T

df.index.name = "Parameter/Frequency"

df = df.round(3)

orden_parametros = ["EDT", "T20", "T30", "CL50", "C80", "Tt", "EDTt"]
df = df.reindex(orden_parametros)

df = df.applymap(lambda x: str(x).replace('.', ',"'))

df.to_csv (f"{ruta}/{nombre_archivo}", sep=';', index=True, encoding='utf-8")
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#om RT y EDT ————— === —
def calcular_rt(sch_db, fs, tipo=None):
def calcular_tiempo(sch_db, fs, db_ini, db_fin):
if sch_db[0] < db_ini or sch_db[0] < db_fin:
return np.nan
mask_ini = sch_db <= db_ini
mask_fin = sch_db <= db_fin
if not np.any(mask_ini) or not np.any (mask_fin):
return np.nan
idx_ini = np.argmax (mask_ini)
idx_fin = np.argmax (mask_fin)
if idx_fin <= idx_ini:
return np.nan
tiempo = np.arange (len(sch_db)) / fs
x = tiempo[idx_ini:idx_fin]
y = sch_db[idx_ini:idx_fin]
slope, _, _, _, _ = linregress(x, V)
return -60 / slope if slope < 0 else np.nan
resultados = {
'EDT': calcular_tiempo(sch_db, fs, 0, -10),
'T20": calcular_tiempo(sch_db, fs, -5, -25),
'T30": calcular_tiempo(sch_db, fs, -5, -35)
}
return resultados if tipo is None else resultados.get (tipo.upper (), np.nan)
#ommm C50 v C80 ———=———————————— o —————
@njit
def calcular_clarity_numba(rir, fs, limite_ms):
energia_total = np.sum(rirx*2)
limite_muestras = int ((limite_ms / 1000) = fs)
energia_temprana = np.sum(rir[:limite_muestras]*=*2)
energia_tardia = energia_total - energia_temprana
return 10 % np.loglO(energia_temprana / energia_tardia + le-12)
Fomm Tt y EDTE ———————— e
def tt_edtt (rir, fs):

mmwn

La RIR debe estar truncada y ser mono, siendo el t=0 s el punto mdximo de la misma.

mmn

# Normalizar
rir = rir / np.max(np.abs(rir))

# Energia instantdnea
energia = rir*=*2

# Energia acumulada
energia_acumulada = np.cumsum(energia)

# Energia total
energia_total = np.sum(energia)

# Indice donde se alcanza el 99%
indice_tt = np.where(energia_acumulada >= 0.99 % energia_total) [0][0]

# Tiempo de transiciodn
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tt

indice_tt / fs

# RIR en dB
energia_db = 10 » np.logl0(energia + 1le-20) # evitar log(0)

#
#

#

X
Yy

#

Suavizar curva en dB
energia_db_suavizada = uniform filterld(energia _db, size=100)

Datos entre el pico y el Tt para regresidn

np.arange (0, indice_tt) / fs
energia_db[0:indice_tt]

Regresidn lineal
slope, intercept, _, _, _ = linregress(x, Vy)

# Punto de cruce de la regresidn con nivel en Tt
# y_tt = energia db[indice tt]
# t_cruce = (y_tt - intercept) / slope

edtt

= -60 / slope

return tt, edtt

IACCearly (senal_izqg, senal_der, fs, tau=0.08):

mmn

Calcula IACCearly segun ISO 3382.

Pardmetros:

senal_izq: ndarray - senal del oido izquierdo
sefial_der: ndarray - sefal del oido derecho

fs: int - frecuencia de muestreo [Hz]
tau: float - ventana de integracidn en segundos (ej. 0.08 para 80ms)
Retorno:

mmwn

iacc_early: float - valor de IACCearly

# Numero de muestras a considerar
muestras_ventana = int (fs % tau)

# Recortar ambas senales a la duracidn de integracidn (desde t = 0)
sefial_izqg = sefal_izqg[:muestras_ventanal]
sefial_der = senal_der|[:muestras_ventanal]

# Rango de desfase interaural +1 ms
max_desfase = int (fs « 0.001)

lags

= np.arange (—max_desfase, max_desfase + 1)

correlaciones = []
for lag in lags:

if lag >= 0:

izg = senal_izqg[:muestras_ventana - lag]

der = senal_der[lag:muestras_ventanal]
else:

izg = senal_izqg[-lag:muestras_ventanal]

der = senal_der|[:muestras_ventana + lag]
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def

# Normalizar y calcular correlacidn cruzada
izg = np.array(izq)

der = np.array (der)
num = np.sum(izqg = der)
den = np.sgrt (np.sum(izq ** 2) * np.sum(der xx 2))

correlaciones.append (np.abs (num / den) if den > 0 else 0)

return np.max (correlaciones)

IACCearly_por_banda(rir_L, rir_R, fs, tau=0.08, modo="octave"):

mmwn

Calcula IACCearly por banda para una respuesta estéreo al impulso.

Pardmetros:

- rir L: ndarray, respuesta al impulso canal izquierdo

- rir R: ndarray, respuesta al impulso canal derecho

- fs: int, frecuencia de muestreo

- tau: float, ventana de integracidn en segundos (por defecto 0.08 s)
- modo: str, tipo de filtrado por bandas ("octave"”, "1/3oct", etc.)

Retorna:

- Lista de valores IACCearly, uno por banda.
mmn

# Truncar al inicio (1 ms)
rir_truncada_L = truncado_inicial(rir_L, fs, margen_ms=1)
rir_truncada_R = truncado_inicial(rir_R, fs, margen_ms=1)

# Filtrar por bandas (usando ‘reversed’, que se asume definido externamente)
lista_izqg = filtrar_por_bandas(rir_truncada_L, fs, modo, reversed=reversed)
filtrar_por_bandas(rir_truncada_R, fs, modo, reversed=reversed)

lista_der

# Aplanar y asegurar arrays 1D

lista_izg = [np.ravel (np.array(rir)) for _, rir in lista_izqg]

lista_der = [np.ravel(np.array(rir)) for _, rir in lista_der]

assert len(lista_izqg) == len(lista_der), "Las listas deben tener la misma longitud."

# Cdlculo paralelo
with ThreadPoolExecutor () as executor:
results = list (executor.map (
lambda args: IACCearly(*xargs, fs=fs, tau=tau),
zip(lista_izqg, lista_der)

))

return results

procesar_rir_completo (

rir_original, fs,IACC_e=None,

modo="octave', ventana_ms=30,
ruta_export="./", nombre_csv="parametros.csv",
reversed=False

rir_truncada = truncado_inicial (rir_original, fs, margen_ms=1)

bandas_filtradas = filtrar_por_bandas (rir_truncada, fs, modo, reversed=reversed)
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tt_global,edtt_global= tt_edtt (rir_truncada, fs)

resultados = {}
i=0
for fc, rir_filtrada in bandas_filtradas:

etc, sch_db = procesar_etc_con_mmf (rir filtrada, fs, ventana_ms=ventana_ms)

rt_vals = calcular_rt (sch_db, fs)
c50 = calcular_clarity_numba(rir_filtrada, fs, 50)
c80 = calcular_clarity_numba(rir_filtrada, fs, 80)

tt, edtt = tt_edtt(rir_filtrada, £fs)
if IACC_e is not None:
resultados[fc] = {
'T20': rt_vals['T20'],
'T30': rt_vals['T30'],
'EDT': rt_vals['EDT'],

'c50': ¢50,
'c80': ¢80,
"Tt': tt,

'EDTt': edtt,
'"IACC_e': IACC_e[1i]
}

else:
resultados[fc] = {
'T20': rt_vals['T20'],
'T30': rt_vals['T30'],
'EDT'": rt_wvals['EDT'],
'C50": c¢b50,
'c80': ¢80,
'Tt': tt,
'EDTt': edtt,
'"TACC_e': 1
}
i+=1

lista_final = []
parametros = ["EDT","T20", "T30", "C50", "C80", "Tt", "EDTt", "IACC_e"]

if modo=="octave":
fregs [31.5, 63, 125, 250, 500, 1000, 2000, 4000, 8000]
else:
freqs = [25, 31.5, 40, 50, 63, 80, 100, 125, 160, 200, 250, 315,
400, 500, 630, 800, 1000, 1250, 1600, 2000, 2500, 3150,
4000, 5000, 6300, 8000, 10000]
for parametro in parametros:
fila = []
for freq in fregs:
valor = resultados.get (freq, {}).get (parametro, "O")
if isinstance(valor, (int, float)):
valor = round(valor, 2)
fila.append(valor)
lista_final.append(fila)

return lista_final,tt_global,edtt_global
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