

    
      
          
            
  
Simplecochlea’s documentation!
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General Examples

These examples show you how to use the simplecochlea package





Cochlea Examples

Create a cochlea model.


[image: ../_images/sphx_glr_plot_cochlea_creation_thumb.png]
Cochlea Creation








[image: ../_images/sphx_glr_plot_cochlea_process_one_channel_thumb.png]
Process a single channel of the cochlea








[image: ../_images/sphx_glr_plot_cochlea_with_adaptive_threshold_creation_thumb.png]
Cochlea Creation with Adpative Threshold








[image: ../_images/sphx_glr_plot_sequence_input_thumb.png]
Repeating pattern sequence











Element Examples

Find a better name …


[image: ../_images/sphx_glr_plot_frequency_scale_thumb.png]
Frequency Scale








[image: ../_images/sphx_glr_plot_LIF_bank_inhibition_thumb.png]
LIB Bank with lateral Inhibition










Download all examples in Python source code: auto_examples_python.zip




Download all examples in Jupyter notebooks: auto_examples_jupyter.zip





Gallery generated by Sphinx-Gallery [https://sphinx-gallery.readthedocs.io]





          

      

      

    

  

    
      
          
            
  
Note

Click here to download the full example code




Cochlea Creation

Create a simple cochlea model and test it on a sinusoidal input signal

# import matplotlib
# matplotlib.use('TkAgg')
import matplotlib.pyplot as plt
import numpy as np
import seaborn as sns
from simplecochlea import Cochlea
sns.set_context('paper')





Create the cochlea

fs, fmin, fmax, freq_scale, n_channels = 44100, 200, 8000, 'erbscale', 100
comp_factor, comp_gain = 0.3, 1.5
tau, v_thresh, v_spike = np.linspace(0.001, 0.0004, n_channels), np.linspace(0.3, 0.17, n_channels), 0.5

cochlea_simp = Cochlea(n_channels, fs, fmin, fmax, freq_scale, comp_factor=comp_factor, comp_gain=comp_gain,
                       lif_tau=tau, lif_v_thresh=v_thresh, lif_v_spike=v_spike)





Print the description

print(cochlea_simp)





Out:

Cochlea model - 100 channels [200 - 8000 Hz] - erbscale - 2 order Butterworth filters
Rectifier Bank - full rectification - No low-pass filtering
Compression Bank : y = 1.5 * x ^ 0.3
LIF bank - Tau = [1.00, 0.40] ms - V_thresh = [0.3, 0.17] - V_reset = 0.0
Refractory period : 0.001s
No inhibition





Process a sin input signal

spikelist_sin, _ = cochlea_simp.process_test_signal('sin', f_sin=400, t_offset=0, t_max=0.1)






	[image: ../../_images/sphx_glr_plot_cochlea_creation_001.png]


	[image: ../../_images/sphx_glr_plot_cochlea_creation_002.png]


	[image: ../../_images/sphx_glr_plot_cochlea_creation_003.png]




Out:

Function : process_input - Time elapsed : 0.28186678886413574





Plot the output spikelist

spikelist_sin.plot()





[image: ../../_images/sphx_glr_plot_cochlea_creation_004.png]
Total running time of the script: ( 0 minutes  8.694 seconds)



Download Python source code: plot_cochlea_creation.py




Download Jupyter notebook: plot_cochlea_creation.ipynb





Gallery generated by Sphinx-Gallery [https://sphinx-gallery.readthedocs.io]





          

      

      

    

  

    
      
          
            
  
Note

Click here to download the full example code




Process a single channel of the cochlea

This example show how to run a signal through a specific channel of the cochlea

import os
import numpy as np
from scipy.io import wavfile
import seaborn as sns
from simplecochlea import Cochlea, generate_signals
sns.set_context('paper')





Create the cochlea

fs, fmin, fmax, freq_scale, n_channels = 44100, 200, 8000, 'erbscale', 100
comp_factor, comp_gain = 0.3, 1.5
tau, v_thresh, v_spike = np.linspace(0.001, 0.0004, n_channels), 0, 0.5
# Adaptive threshold parameters
tau_j, alpha_j = np.array([0.010, 0.200]), np.array([0.010, 0.000002])
omega = np.linspace(0.15, 0.2, n_channels)

cochlea_adaptive_thresh = Cochlea(n_channels, fs, fmin, fmax, freq_scale, comp_factor=comp_factor, comp_gain=comp_gain,
                                  lif_tau=tau, lif_v_thresh=v_thresh, lif_v_spike=v_spike, tau_j=tau_j, alpha_j=alpha_j,
                                  omega=omega)





Generate a sinusoidal signal

x_sin = generate_signals.generate_sinus(fs, 1800, t_offset=0, t_max=0.25, amplitude=1)





Pass the input signal through one channel of the cochlea
The plot_channel_evolution method allows to visualize the differents steps


of the cochlea processing




cochlea_adaptive_thresh.plot_channel_evolution(x_sin, 30)





[image: ../../_images/sphx_glr_plot_cochlea_process_one_channel_001.png]
Total running time of the script: ( 0 minutes  0.337 seconds)



Download Python source code: plot_cochlea_process_one_channel.py




Download Jupyter notebook: plot_cochlea_process_one_channel.ipynb





Gallery generated by Sphinx-Gallery [https://sphinx-gallery.readthedocs.io]





          

      

      

    

  

    
      
          
            
  
Note

Click here to download the full example code




Cochlea Creation with Adpative Threshold

Create a simple cochlea model and test it on a sinusoidal input signal

# import matplotlib
# matplotlib.use('TkAgg')
import matplotlib.pyplot as plt
import numpy as np
import seaborn as sns
from simplecochlea import Cochlea
sns.set_context('paper')





Create the cochlea

fs, fmin, fmax, freq_scale, n_channels = 44100, 200, 8000, 'erbscale', 100
comp_factor, comp_gain = 0.3, 1.5
tau, v_thresh, v_spike = np.linspace(0.001, 0.0004, n_channels), 0, 0.5
# Adaptive threshold parameters
tau_j, alpha_j = np.array([0.010, 0.200]), np.array([0.010, 0.000002])
omega = np.linspace(0.15, 0.2, n_channels)

cochlea_adaptive_thresh = Cochlea(n_channels, fs, fmin, fmax, freq_scale, comp_factor=comp_factor, comp_gain=comp_gain,
                                  lif_tau=tau, lif_v_thresh=v_thresh, lif_v_spike=v_spike, tau_j=tau_j, alpha_j=alpha_j,
                                  omega=omega)





Print the description

print(cochlea_adaptive_thresh)





Out:

Cochlea model - 100 channels [200 - 8000 Hz] - erbscale - 2 order Butterworth filters
Rectifier Bank - full rectification - No low-pass filtering
Compression Bank : y = 1.5 * x ^ 0.3
LIF bank - Tau = [1.00, 0.40] ms -
Adaptive Threshold model - tau_j = [0.01 0.2 ], alpha_j = [1.e-02 2.e-06], omega = [0.15, 0.20]
Refractory period : 0.001s
No inhibition





Process a sin input signal

spikelist_sin, _ = cochlea_adaptive_thresh.process_test_signal('sin', f_sin=400, t_offset=0, t_max=0.5, do_plot=0)





Out:

Function : process_input - Time elapsed : 1.0043890476226807





Plot the output spikelist

spikelist_sin.plot()





[image: ../../_images/sphx_glr_plot_cochlea_with_adaptive_threshold_creation_001.png]
Total running time of the script: ( 0 minutes  1.512 seconds)



Download Python source code: plot_cochlea_with_adaptive_threshold_creation.py




Download Jupyter notebook: plot_cochlea_with_adaptive_threshold_creation.ipynb





Gallery generated by Sphinx-Gallery [https://sphinx-gallery.readthedocs.io]





          

      

      

    

  

    
      
          
            
  
Repeating pattern sequence

Run the cochlea on a sequence composed of 1 repeating pattern
This pattern of 50ms appears 10 times and each repetition is separated by a noise segment (i.e. a non-repeating pattern)

import os
# import matplotlib
# matplotlib.use('TkAgg')
import numpy as np
from scipy.io import wavfile
import seaborn as sns
from simplecochlea import Cochlea
import simplecochlea
sns.set_context('paper')





Load the file

root_dirpath = os.path.dirname(simplecochlea.__file__)
sample_data_dir = os.path.join(root_dirpath, 'sample_data')
fs, sequence = wavfile.read(os.path.join(sample_data_dir, 'sample_sequence_10_50ms_1.wav'))





Create the cochlea

fmin, fmax, freq_scale, n_channels = 200, 8000, 'erbscale', 100
comp_factor, comp_gain = 0.3, 1.5
tau, v_thresh, v_spike = np.linspace(0.001, 0.0004, n_channels), np.linspace(0.3, 0.17, n_channels), 0.5

cochlea = Cochlea(n_channels, fs, fmin, fmax, freq_scale, comp_factor=comp_factor, comp_gain=comp_gain,
                       lif_tau=tau, lif_v_thresh=v_thresh, lif_v_spike=v_spike)





Run the sequence through the cochlea

spikelist_seq, _ = cochlea.process_input(sequence)





Out:

Function : process_input - Time elapsed : 0.642064094543457





Plot the spikelist

spikelist_seq.plot()





[image: ../../_images/sphx_glr_plot_sequence_input_001.png]
We know the repeating pattern is repeating every 50ms, the sequence starts with a noise segment and in total, there
are 20 segments (10 time the pattern and 10 interleaved noise segments).
Thus we can set the pattern_id of the spikes in the output spikelist, with the set_pattern_id_from_time_limits method.

chunk_duration, n_chunks = 0.050, 20
t_start = np.arange(0, chunk_duration*n_chunks, chunk_duration)
t_end = t_start + chunk_duration
pattern_id = [1, 2] * 10
pattern_names = {1: 'Noise', 2: 'Pattern'}

spikelist_seq.set_pattern_id_from_time_limits(t_start, t_end, pattern_id, pattern_names)





Replot the spikelist to see the results :

spikelist_seq.plot()





[image: ../../_images/sphx_glr_plot_sequence_input_002.png]
Total running time of the script: ( 0 minutes  2.376 seconds)



Download Python source code: plot_sequence_input.py




Download Jupyter notebook: plot_sequence_input.ipynb





Gallery generated by Sphinx-Gallery [https://sphinx-gallery.readthedocs.io]





          

      

      

    

  

    
      
          
            
  
Note

Click here to download the full example code




LIB Bank with lateral Inhibition

Analysis of the implementation of the neural inhibition described in [1]. These different types of connection are
supposed to produce contrast enhancement, i.e. for the cochlea it can lead to a sharpening of its frequency sensitivity.

We selected one model of lateral inhibition : the forward-shunting inhibition


References


	1

	Gershon G. Furman and Lawrence S. Frishkopf. Model of Neural Inhibition in the Mammalian Cochlea.
The Journal of the Acoustical Society of America 1964 36:11, 2194-2201





# import matplotlib
# matplotlib.use('TkAgg')
import numpy as np
import matplotlib.pyplot as plt
import seaborn as sns
from scipy import signal
from simplecochlea import Cochlea
from simplecochlea import generate_signals
sns.set()
sns.set_context('paper')





For testing the inhibition, we will use a signal composed of 3 sinusoids close in frequency

fs = 44100
test_sig = generate_signals.generate_sinus(fs, f_sin=[1500, 2000, 2100], t_offset=[0.15, 0.1, 0.2], t_max=1)
generate_signals.plot_signal(test_sig, fs)





[image: ../../_images/sphx_glr_plot_LIF_bank_inhibition_001.png]
Construct a cochlea without inhibition :

fmin, fmax, freq_scale, n_channels = 200, 8000, 'erbscale', 100
comp_factor, comp_gain = 0.3, 1.5
tau, v_thresh, v_spike = np.linspace(0.001, 0.0004, n_channels), np.linspace(0.3, 0.17, n_channels), 0.5

cochlea = Cochlea(n_channels, fs, fmin, fmax, freq_scale, comp_factor=comp_factor, comp_gain=comp_gain,
                  lif_tau=tau, lif_v_thresh=v_thresh, lif_v_spike=v_spike)






Construct a second cochlea with inhibition


We define an inhibition vector which gives the strenght of the inhibition of channel i related with its neighbours




N, inhib_sum = 50, 1
inhib_vect = signal.gaussian(2*N+1, std=15)
inhib_vect[N] = -2
inhib_vect_norm = inhib_sum * inhib_vect / inhib_vect.sum()





Let’s plot the normalized inhibition vector

f = plt.figure()
plt.plot(np.arange(-N, N+1), inhib_vect_norm)

cochlea_with_inhib = Cochlea(n_channels, fs, fmin, fmax, freq_scale, comp_factor=comp_factor, comp_gain=comp_gain,
                             lif_tau=tau, lif_v_thresh=v_thresh, lif_v_spike=v_spike, inhib_vect=inhib_vect_norm)





[image: ../../_images/sphx_glr_plot_LIF_bank_inhibition_002.png]
Run the test signal through the 2 cochleas

spikelist_sin, _ = cochlea.process_input(test_sig)
spikelist_sin.plot()





[image: ../../_images/sphx_glr_plot_LIF_bank_inhibition_003.png]
Out:

Function : process_input - Time elapsed : 0.622098445892334





With inhibition :

spikelist_sin_inhib, _ = cochlea_with_inhib.process_input(test_sig)
spikelist_sin_inhib.plot()





[image: ../../_images/sphx_glr_plot_LIF_bank_inhibition_004.png]
Out:

Inhibition Shunting Forward Current
Function : process_input - Time elapsed : 9.962599277496338





Total running time of the script: ( 0 minutes  12.149 seconds)



Download Python source code: plot_LIF_bank_inhibition.py




Download Jupyter notebook: plot_LIF_bank_inhibition.ipynb





Gallery generated by Sphinx-Gallery [https://sphinx-gallery.readthedocs.io]









          

      

      

    

  

    
      
          
            
  
Frequency Scale

Illustration of the different frequency scales

from simplecochlea.utils import utils_cochlea
import matplotlib.pyplot as plt
import seaborn as sns
sns.set()
sns.set_context('paper')





Suppose we want a cochlea whose frequency domain range from 20 Hz to 20000 Hz with 100 hair cells
Each hair cell can be modeled as a band-pass filter. Each one selecting a certain frequency range.
An important parameter is the way these band-pass filters are organized and cover the whole frequency range
of hearing.

fmin, fmax = 20, 20000
n_filters = 100
fs = 44100





A unrealistic but simple way to organize the band-pass filters is to use a linear scale.
The utils_cochlea.linearscale() returns both the filters cutoff and center frequencies

wn_lin, cf_lin = utils_cochlea.linearscale(fs, fmin, fmax, n_filters)





A more realistic solution to model the tonotopy of the cochlea is to use the ERB scale (Equivalent Rectangular
Bandwitdh) :

wn_erb, cf_erb = utils_cochlea.erbscale(fs, fmin, fmax, n_filters)





Let’s plot the evolution of the center frequencies for both scales :

f = plt.figure()
ax = f.add_subplot(111)
ax.stem(cf_lin, markerfmt='C0o')
ax.stem(cf_erb, markerfmt='C1o')
ax.set(xlabel='Filter Number', ylabel='Frequency', title='Evolution of the Center Frequency of Bandpass filters')
ax.legend(['Linear Scale', 'ERB Scale'])





[image: ../../_images/sphx_glr_plot_frequency_scale_001.png]
Total running time of the script: ( 0 minutes  3.047 seconds)



Download Python source code: plot_frequency_scale.py




Download Jupyter notebook: plot_frequency_scale.ipynb





Gallery generated by Sphinx-Gallery [https://sphinx-gallery.readthedocs.io]





          

      

      

    

  

    
      
          
            
  
API Reference

References for simplecochlea classes



	Cochlea Sub-Classes


	Cochlea Class


	Test signals


	SpikeList






simplecochlea:

Simple-Cochlea Main Package


Cochlea Sub-Classes







	cochlea.BandPassFilterbank(order, wn, fs[, …])

	Band-pass Filterbank Class Defines a bank of band-pass filters.



	cochlea.RectifierBank(n_channels, fs[, …])

	RectifierBank Class Parralel association of rectifier units.



	cochlea.CompressionBank(n_channels, fs, …)

	CompressionBank Class Parralel association of compression units.



	cochlea.LIFBank(n_channels, fs, tau[, …])

	Leaky Integrate and Fire (LIF) Bank Parralel association of LIF neuron model.









Cochlea Class

simplecochlea.cochlea.Cochlea:







	process_input(input_sig[, do_plot])

	Process input signal through the Cochlea



	process_input_block_ver

	



	process_one_channel(input_sig, channel_pos)

	Process a signal with 1 channel of the cochlea



	process_test_signal(signal_type[, …])

	Run a test signal through the cochlea.



	plot_channel_evolution(input_sig[, channel_pos])

	Plot the processing of input_sig signal through the cochlea, for channels specified by channel_pos.



	plot_filterbank_frequency_response

	



	save(dirpath[, filename])

	Save the cochlea.









Test signals

simplecochlea.generate_signals:







	generate_sinus(fs, f_sin[, t_offset, t_max, …])

	Generate a signal containing one or more sinusoides.



	generate_dirac(fs[, t_offset, t_max, amplitude])

	Generate a impulse signal (mathematically defined by the Dirac delta function)



	generate_step(fs[, t_offset, t_max, amplitude])

	Generate a impulse signal (mathematically defined by the Dirac delta function)



	merge_wav_sound_from_dir(dirpath, …[, …])

	
	Parameters

	








	generate_abs_stim(dirpath, chunk_duration, …)

	Generate a stimulus used for Audio Brain Spotting (ABS).



	get_abs_stim_params(chunk_duration_s, …)

	For a sequence when a target segment is repeating n_repeat_target timesand interleaved by n_noise_iter noise segments, returns the pattern of each segments



	delete_zero_signal(dirpath)

	There are some null signals (only zero amplitude) in the ABS directory.









SpikeList

simplecochlea.spikes.spikelist:







	sort(field)

	Sort the spikelist by increasing attribute, selected by field



	select_spike([time_min, time_max, …])

	Select a subset of the spikelist.



	epoch(t_start, t_end)

	Epoch the spikelist given the time periods defined by t_start and t_end.



	epoch_on_triggers(t_triggers, time_pre, …)

	Apply the epoch function on each trigger whose time is defined by t_triggers.



	export([export_path, export_name])

	Export the spikelist as a .mat file



	to_dataframe()

	Convert the spikelist to a dataframe containing 3 fields : ‘time’, ‘channel’ and ‘pattern_id’



	plot([bin_duration, potential_thresh, …])

	Plot the spikelist.



	plot_channel_selectivity([title_str])

	Plot channel selectivity.



	get_median_isi()

	Compute and return the median ISI (Inter-Spike-Interval) for each channel.



	get_mean_isi()

	Compute and return the mean ISI (Inter-Spike-Interval) for each channel.



	set_pattern_id_from_time_limits(t_start, …)

	Given time limits given by t_start and t_end, set the pattern_id of spikes in this time interval.



	get_pattern_results(t_start, t_end, pattern_id)

	Compute the number of spikes per segment.



	get_channel_selectivity()

	Compute channel selectivity.



	add_time_offset(t_offset)

	Add a time offset to the spikes time.












          

      

      

    

  

    
      
          
            
  
Installation


1. Install a Python Interpreter

The simplecochlea package runs with Python 3.
The Anaconda [https://www.anaconda.com/download/] Python 3 distrubition is recommended :

If you already have Anaconda installed, you can create a new environment to avoid any troubles with your current setup :


$ conda create --name simplecochlea_env python=3.6 numpy cython
# Activate the new environment
$ activate simplecochlea_env    # on Windows systems
$ source activate simplecochlea_env    # on Unix systems











2. Install a C compiler


	You will need a C compiler to complete the installation, as simplecochlea uses Cython code to boost performances.

	
	In Unix systems, the gcc compiler should already be installed.


	Windows users can download Microsoft Visual Studio which contain a compiler. See WindowsCompilers [https://wiki.python.org/moin/WindowsCompilers] to know which version is more suited to your Python version.











3. Install simplecochlea package

With pip and git :


$ pip install git+https://github.com/tinmarD/simplecochlea.git@master








From github :

Download the zip file of the simplecochlea project from github [https://github.com/tinmarD/simplecochlea]


[image: ../_images/install_github.png]



Extract the archive and in a terminal (or in the Anaconda prompt), go to the simplecochlea root directory and run :


$ python setup.py install











4. Test the installation

Open a Python prompt and import simplecochlea


>>> import simplecochlea














          

      

      

    

  

    
      
          
            
  
simplecochlea



	simplecochlea package
	Subpackages
	simplecochlea.cython package
	Submodules

	simplecochlea.cython.cochlea_fun_cy module

	simplecochlea.cython.lif_adaptthresh_fun_cy module

	Module contents





	simplecochlea.spikes package
	Submodules

	simplecochlea.spikes.spikelist module

	simplecochlea.spikes.spikepacket module

	Module contents





	simplecochlea.utils package
	Submodules

	simplecochlea.utils.utils_cochlea module

	simplecochlea.utils.utils_freqanalysis module

	Module contents









	Submodules

	simplecochlea.cochlea module




	simplecochlea.generate_signals module

	simplecochlea.utils_freqanalysis module

	Module contents













          

      

      

    

  

    
      
          
            
  
simplecochlea.cython package


Submodules




simplecochlea.cython.cochlea_fun_cy module

This file is part of simplecochlea.

simplecochlea is free software: you can redistribute it and/or modify
it under the terms of the GNU General Public License as published by
the Free Software Foundation, either version 3 of the License, or
(at your option) any later version.

simplecochlea is distributed in the hope that it will be useful,
but WITHOUT ANY WARRANTY; without even the implied warranty of
MERCHANTABILITY or FITNESS FOR A PARTICULAR PURPOSE.  See the
GNU General Public License for more details.

You should have received a copy of the GNU General Public License
along with simplecochlea.  If not, see <https://www.gnu.org/licenses/>.


	
simplecochlea.cython.cochlea_fun_cy.lif_filter_1d_signal_cy()

	




	
simplecochlea.cython.cochlea_fun_cy.lif_filter_cy()

	




	
simplecochlea.cython.cochlea_fun_cy.lif_filter_inhib_shuntfor_current_cy()

	






simplecochlea.cython.lif_adaptthresh_fun_cy module




Module contents







          

      

      

    

  

    
      
          
            
  
simplecochlea.spikes package


Submodules




simplecochlea.spikes.spikelist module

This file is part of simplecochlea.

simplecochlea is free software: you can redistribute it and/or modify
it under the terms of the GNU General Public License as published by
the Free Software Foundation, either version 3 of the License, or
(at your option) any later version.

simplecochlea is distributed in the hope that it will be useful,
but WITHOUT ANY WARRANTY; without even the implied warranty of
MERCHANTABILITY or FITNESS FOR A PARTICULAR PURPOSE.  See the
GNU General Public License for more details.

You should have received a copy of the GNU General Public License
along with simplecochlea.  If not, see <https://www.gnu.org/licenses/>.


	
class simplecochlea.spikes.spikelist.SpikeList(time=[], channel=[], pattern_id=[], potential=[], n_channels=0, name='', tmin=0, tmax=[], pattern_names={})

	Bases: object [https://docs.python.org/3/library/functions.html#object]

SpikeList Class.
A spike is defined by a time and a channel. In addition a pattern ID ad a potential can be assigned to spikes.
These characteristics are defined as list.


	Attributes

	
	timearray

	Time of each spike (in seconds)



	channelarray [int]

	Channel of each spike



	pattern_idarray [int]

	Pattern ID of each spike (Optional). If not defined is nan



	potentialarray

	Spikes potential (Optional). If not defined is 0



	n_channelsint

	Number of channels in the spikelist



	n_spikesint

	Number of spikes in the spikelist



	namestr

	Spikelist name



	tminfloat

	Starting time of the spikelist (default: 0)


Note

For spikelist generating by running a signal through the cochlea, the tmin attribute is not the
time of the first spike but the starting time of the signal (0 usually).





	tmaxfloat

	Ending time of the spikelist. If not given, tmax is set to the maximal spike time


Note

For spikelist generating by running a signal through the cochlea, the tmax attribute should not be the
time of the last spike but the ending time of the signal.





	pattern_namesdict

	Dictionnary giving a label to each pattern defined by pattern_id









Methods







	add_time_offset(t_offset)

	Add a time offset to the spikes time.



	convert_to_packet(packet_size[, overlap])

	Deprecated.



	epoch(t_start, t_end)

	Epoch the spikelist given the time periods defined by t_start and t_end.



	epoch_on_triggers(t_triggers, time_pre, …)

	Apply the epoch function on each trigger whose time is defined by t_triggers.



	export([export_path, export_name])

	Export the spikelist as a .mat file



	get_channel_selectivity()

	Compute channel selectivity.



	get_mean_isi()

	Compute and return the mean ISI (Inter-Spike-Interval) for each channel.



	get_median_isi()

	Compute and return the median ISI (Inter-Spike-Interval) for each channel.



	get_pattern_results(t_start, t_end, pattern_id)

	Compute the number of spikes per segment.



	plot([bin_duration, potential_thresh, …])

	Plot the spikelist.



	plot_channel_selectivity([title_str])

	Plot channel selectivity.



	select_spike([time_min, time_max, …])

	Select a subset of the spikelist.



	set_pattern_id_from_time_limits(t_start, …)

	Given time limits given by t_start and t_end, set the pattern_id of spikes in this time interval.



	set_pattern_id_from_time_limits_old(t_start, …)

	Deprecated - Use set_pattern_id_from_time_limits



	sort(field)

	Sort the spikelist by increasing attribute, selected by field



	to_dataframe()

	Convert the spikelist to a dataframe containing 3 fields : ‘time’, ‘channel’ and ‘pattern_id’







	
add_time_offset(t_offset)

	Add a time offset to the spikes time. Used when creating list of spikelists.






	
convert_to_packet(packet_size, overlap=0)

	Deprecated. Used to convert the spikelist to spike packets






	
epoch(t_start, t_end)

	Epoch the spikelist given the time periods defined by t_start and t_end. Returns a SpikeList_list
instance.


	Parameters

	
	t_startarray

	Start of each time period (s)



	t_endarray

	End of each time period (s)







	Returns

	
	spikelist_listSpikeList_list

	A SpikeList_list instance.














	
epoch_on_triggers(t_triggers, time_pre, time_post)

	Apply the epoch function on each trigger whose time is defined by t_triggers.


	Parameters

	
	t_triggersarray

	Time of each trigger (s)



	time_prefloat

	Time to keep before triggers



	time_postfloat

	Time to keep after triggers







	Returns

	
	spikelist_listSpikeList_list

	A SpikeList_list instance.














	
export(export_path='.', export_name='spikelist_0_')

	Export the spikelist as a .mat file


	Parameters

	
	export_pathstr

	Export directory path (default: ‘.’)



	export_namestr

	Export file name














	
get_channel_selectivity()

	Compute channel selectivity. Definition ?






	
get_mean_isi()

	Compute and return the mean ISI (Inter-Spike-Interval) for each channel.


	Returns

	
	mean_isiarray

	Mean ISI for each channel of the spikelist.














	
get_median_isi()

	Compute and return the median ISI (Inter-Spike-Interval) for each channel.


	Returns

	
	median_isiarray

	Median ISI for each channel of the spikelist.














	
get_pattern_results(t_start, t_end, pattern_id, pattern_names=[], min_potential=[], do_plot=True, fig_title='')

	Compute the number of spikes per segment. Segments are defined by t_start and t_end. There might be
multiples patterns, defined by pattern_id and pattern_names.
If min_potential is defined, select only the spikes whose potential is higher than this.
If do_plot is true, plot the results.


	Parameters

	
	t_startarray

	Starting times of the segments (s)



	t_endarray

	Ending times of the segments (s)



	pattern_idarray

	Pattern id of the segments



	pattern_namesarray | None

	Pattern name of the segments



	min_potentialfloat | None

	If defined select only spikes whose potential is higher than this



	do_plotbool | None (default: True)

	If true, plot the results



	fig_titlestr | None

	Figure’s title







	Returns

	
	n_spikes_meanarray (size n_patterns)

	Mean number of spikes across repetition for each pattern



	n_spikes_per_chunkarray  (size n_segments)

	Number of spikes for each segment



	n_active_chan_meanarray (size n_pattern)

	Mean number of active channel across repetition for each pattern



	n_active_chan_per_chunkarray (size n_segments)

	Number of active channel for each segment














	
plot(bin_duration=0.002, potential_thresh=[], ax_list=[], minplot=0, tau_lif=[], pattern_id_sel=[], color=[])

	Plot the spikelist. The main central axis plots the spike list, one dot for each spike. Each pattern has
a different color. The bottom axis plots the histogram of the spikes for all channels. The right axis sums up
the spikes over time for each channel. The left axis plot the median ISI (Inter-Spike Interval), and if the
tau_lif parameter is given, the ratio  ISI_med / Tau_Lif is also plotted.


	Parameters

	
	bin_durationfloat (default: 0.002s)

	Bin duration in seconds for the time histogram, in the bottom axis.



	potential_threshfloat | none (default)

	Potential threshold, only spike whose potential is higher than this value will be plotted. If none, plot
all the spikes.



	ax_listlist | none (default)

	Axis handles to plot on. If none, create new axes.



	minplotbool (default: False)

	If True, plot only the central plot.



	tau_liffloat | array | none (default)

	Tau parameter of the LIF bank of the cochlea. If provided, the ratio ISI_med / Tau_Lif is plotted on the
left axis.



	pattern_id_selint | none (default)

	Pattern to select. If provided, the spikes of the selected pattern will appears on a different color in
the left and right axes.



	colorlist | array | none (default)

	Color of the patterns. If none, use default color







	Returns

	
	ax_listlist

	List of the axes [central, bottom, right, left]














	
plot_channel_selectivity(title_str='')

	Plot channel selectivity. Definition ?


	Parameters

	
	title_strstr

	Optional title for the figure














	
select_spike(time_min=[], time_max=[], channel_sel=[], potential_min=[], potential_max=[], pattern_id_sel=[])

	Select a subset of the spikelist. If multiples selection parameters are given, select the spikes meeting
all conditions.


	Parameters

	
	time_minfloat (s) | None

	Select spikes whose time is superior or equal to time_min



	time_maxfloat (s) | None

	Select spikes whose time is inferior or equal to time_max



	channel_sellist | array | None

	Select spikes whose channel is in channel_sel



	potential_minfloat | None

	Select spikes whose potential is superior or equal to potential_min



	potential_maxfloat | None

	Select spikes whose potential is inferior or equal to potential_max



	pattern_id_selint

	Select spikes whose pattern_id is equal to pattern_id_sel







	Returns

	
	sel_indarray [bool]

	Boolean array representing selected spikes



	spikelist_selSpikeList

	Selected SpikeList



	n_spikesint

	Number of spikes in the selected spikelist














	
set_pattern_id_from_time_limits(t_start, t_end, pattern_id, pattern_dict)

	
	Given time limits given by t_start and t_end, set the pattern_id of spikes in this time interval.

	Also add entries to the pattern_names dictionnary of the spikelist.






	Parameters

	
	t_startarray

	Start of each time period (s)



	t_endarray

	End of each time period (s)



	pattern_idarray [int]

	Pattern ID of each time period



	pattern_dict :

	Dictionnary given the labels associated with each different pattern ID.














	
set_pattern_id_from_time_limits_old(t_start, t_end, pattern_id, pattern_names=[])

	Deprecated - Use set_pattern_id_from_time_limits






	
sort(field)

	Sort the spikelist by increasing attribute, selected by field


	Parameters

	
	fieldstr

	Attribute to sort the spikelist. Must be in  [‘time’, ‘channel’, ‘pattern_id’, ‘potential’]














	
to_dataframe()

	Convert the spikelist to a dataframe containing 3 fields : ‘time’, ‘channel’ and ‘pattern_id’


	Returns

	
	dfPandas DataFrame

	The spikelist as a dataframe


















	
class simplecochlea.spikes.spikelist.SpikeList_list(spikelist_list, t_start=[], t_end=[])

	Bases: object [https://docs.python.org/3/library/functions.html#object]

SpikeList_list Class.
Defines a list of SpikeList instances. Can represents differents epochs of a global spikelist, spikelists
corresponding to repetitions of a pattern.

Methods







	compute_channel_with_spikes()

	Get proportion of channel with spikes in all epochs



	compute_fano_factor()

	Compute the Fano Factor (~dispersion) of the number of spikes in each spike list, for each channel.



	compute_spike_per_channel_variation()

	Compute the coefficient of variation of the number of spikes per channel for each spikelist



	compute_vanrossum_distance([cos, tau])

	Compute the van Rossum distance (see: A Novel Spike Distance  - M. C. W. van Rossum).



	plot([n_max_cols, plot_vr_dist])

	Plot all the spikelist in the same figure



	plot_superpose([plot_fano_factor, plot_vr_dist])

	Plot all the spikelists of the SpikeList_list superimposed on the same axes.







	
compute_channel_with_spikes()

	Get proportion of channel with spikes in all epochs


	Returns

	
	channel_with_spikes_ratioarray

	












	
compute_fano_factor()

	Compute the Fano Factor (~dispersion) of the number of spikes in each spike list, for each channel.
Fano factor is defined as the variance divided by the mean of a random process
The global fano factor returned is the mean across channels


	Returns

	
	fano_factor :

	

	global_fano_factor :

	












	
compute_spike_per_channel_variation()

	Compute the coefficient of variation of the number of spikes per channel for each spikelist


	Returns

	
	var_coeff, var_coeff_mean

	












	
compute_vanrossum_distance(cos=0.1, tau=0.001)

	
Compute the van Rossum distance (see: A Novel Spike Distance  - M. C. W. van Rossum).
Also compute the distance normalized by sqrt((M+N)/2) where M and N are the number of spikes in the 2 spike
trains. This way the normalized distance between 2 uncorrelated Poisson spike trains in 1. The result is
divided by sqrt(2) due to the implementation in pymuvr to get similar results as in the original paper.

The function return the mean of these distance across each comparison of the spikelist_list for each channel.





	Parameters

	
	cosfloat

	??? - Does not seem to have much influence



	taufloat

	Time constant for the exponential tail







	Returns

	
	mean_vr_dist

	

	mean_vr_dist_norm :

	

	global_vr_dist:

	

	global_vr_dist_norm

	












	
plot(n_max_cols=5, plot_vr_dist=0)

	Plot all the spikelist in the same figure


	Parameters

	
	n_max_colsint

	Maximal number of columns.



	plot_vr_distbool (default: False)

	












	
plot_superpose(plot_fano_factor=1, plot_vr_dist=1)

	Plot all the spikelists of the SpikeList_list superimposed on the same axes.


	Parameters

	
	plot_fano_factorbool (default: True)

	If True, plot the Fano Factor



	plot_vr_distbool (default: True)

	If True, plot the mean Van-Rossum distance


















	
simplecochlea.spikes.spikelist.dual_spikelist_plot(spikelist_in, spikelist_out, potential_thresh_in=0, potential_thresh_out=0, tau_lif=[], pattern_id_sel_in=[], pattern_id_sel_out=[])

	
	Dual Spikelist Plot. 

	Plot 2 spikelists in the same figure. Useful when the two spikelist share common parameters.
The second spikelist can be obtained from the first one, after running a learning rule for example. 
First/Top spikelist is defined by spikelist_in and the second/bottom spikelist is defined by spikelist_out






	Parameters

	
	spikelist_inSpikeList

	First spikelist, plot on top



	spikelist_outSpikeList

	Second spikelist, plot at the bottom



	potential_thresh_infloat

	If defined, only spikes of spikelist_in whose threshold is superior to this value will be plot.



	potential_thresh_outfloat

	If defined, only spikes of spikelist_out whose threshold is superior to this value will be plot.



	tau_lifarray

	Tau value of the LIF neurons of the cochlea (used to generate these spikelists).



	pattern_id_sel_inint

	If defined, only spikes of spikelist_in with this ID will be plot



	pattern_id_sel_outint

	If defined, only spikes of spikelist_out with this ID will be plot







	Returns

	
	[ax0, ax1, …, ax7]list

	A list of all the axes














	
simplecochlea.spikes.spikelist.import_spikelist_from_mat(import_path, n_channels)

	Import a spikelist (SpikeList instance) from a .mat file.


	Parameters

	
	import_pathstr

	Spikelist file path



	n_channelsint

	Number of channels in the spikelist - Now is included in the spikelist.







	Returns

	
	spikelistSpikeList

	The SpikeList instance.
















simplecochlea.spikes.spikepacket module


	
class simplecochlea.spikes.spikepacket.SpikePacket(spike_list, packet_size, overlap=0)

	Bases: object [https://docs.python.org/3/library/functions.html#object]

Methods







	plot

	






	
plot()

	










Module contents

Spikes Module







          

      

      

    

  

    
      
          
            
  
simplecochlea.utils package


Submodules




simplecochlea.utils.utils_cochlea module


	
simplecochlea.utils.utils_cochlea.erbscale(fs, fmin_hz, fmax_hz, n_filters, q_ear=9.26449, bw_min=24.7, bw_mult=1)

	The erbscale gives an approximation of the bandwidth of the filters in human hearing.


	Parameters

	
	fsfloat

	Sampling Frequency (Hz)



	fmin_hzfloat

	Minimum frequency  (Hz)



	fmax_hzfloat

	Maximum frequency (Hz)



	n_filtersint

	Number of filters in the range [fmin_hz, fmax_hz]



	q_ear=9.26449, bw_min=24.7, bw_mult=1

	Default Glasberg and Moore parameters.







	Returns

	
	wnarray [n_filters*2]

	Normalized cutoff frequencies for all filters to be used for filter design (half-cycle / sample)



	cfarray

	Center frequency (Hz)














	
simplecochlea.utils.utils_cochlea.erbspace(fmin_hz, fmax_hz, N, q_ear=9.26449, bw_min=24.7)

	Gives the center frequencies of N auditory filters between fmin_hz and fmax_hz using the ERB scale.


	Parameters

	
	fmin_hzfloat

	Minimum frequency  (Hz)



	fmax_hzfloat

	Maximum frequency (Hz)



	Nint

	Number of filters in the range [fmin_hz, fmax_hz]



	q_ear=9.26449, bw_min=24.7

	Default Glasberg and Moore parameters.














	
simplecochlea.utils.utils_cochlea.find_equal_areas_limits(poly_coeff, n_areas, xmin, xmax)

	Given a polynomial function defined by its polynomial coefficients poly_coeff, compute the limits of n_areas
between the x-coordinate xmin and xmax, so that all these areas are equal. In other words, it divides the area under
the curve defined by the polynomial function into n equal areas.


	Parameters

	
	poly_coeffarray | list

	Polynomial coefficients



	n_areasint

	Number of areas



	xminfloat

	Minimum x-coordinate



	xmaxfloat

	Maximum x-coordinate







	Returns

	
	x_centerarray

	x-coordinates of the center of the areas



	x_startarray

	x-coordinates of the left limit of the areas



	x_endarray

	x-coordinates of the right limit of the areas














	
simplecochlea.utils.utils_cochlea.linearscale(fs, fmin_hz, fmax_hz, n_filters)

	Design n_filters band-pass filters ranging from fmin_hz to fmax with a central frequencies increases
linearly and with a fixed bandwidth defined such that the overlap of the frequency responses of adjacent filters
is equal to half the bandwidth.


	Parameters

	
	fsfloat

	Sampling frequency (Hz)



	fmin_hzfloat

	Minimum frequency  (Hz)



	fmax_hzfloat

	Maximum frequency (Hz)



	n_filtersint

	Number of filters in the range [fmin_hz, fmax_hz]







	Returns

	
	wnarray [n_filters*2]

	Normalized cutoff frequencies for all filters to be used for filter design (half-cycle / sample)



	cfarray

	Center frequency (Hz)














	
simplecochlea.utils.utils_cochlea.musicscale(fs, fmin_hz, fmax_hz, n_filters, poly_coeff=[], bw_mult=10)

	Experimental - Try to compute equal-power band in a mean spectrum of music segments - Do not use






	
simplecochlea.utils.utils_cochlea.normalize_vector(x)

	Normalize vector x between -1 and 1


	Parameters

	
	xarray | list

	input array







	Returns

	
	x_normarray

	normalized array














	
simplecochlea.utils.utils_cochlea.plot_input_output(input_sig, output_sig, fs, input_sig_label, output_sig_label, same_colobar=0)

	




	
simplecochlea.utils.utils_cochlea.t_spikes_to_spikerate(t_spikes, fs, n_pnts, kernel_duration=0.015)

	Compute a mean firing rate over time using a gaussian kernel from the spike times. The kernel duration is set
by the kernel_duration parameter.


	Parameters

	
	t_spikeslist |array

	Spike times (s)



	fsfloat

	Sampling frequency (Hz)



	n_pntsint

	Number of points in the output signal



	kernel_durationfloat

	Duration of the kernel (s). Default: 0.015 s







	Returns

	
	spiking_rate_smootharray

	Smooth firing rate
















simplecochlea.utils.utils_freqanalysis module


	
simplecochlea.utils.utils_freqanalysis.find_peaks(x, thresh_from_baseline, min_dist=1)

	Algorithm for detecting peaks above the baseline.
A peak should be thresh_from_baseline above the baseline to be detected.


	Parameters

	
	xarray

	Input array



	thresh_from_baselinefloat

	Threshold for detecting peaks from the baseline, in dB



	min_distint

	Minimum distance between peak indices - Default : 1







	Returns

	
	peak_indexes_selarray

	Peak indices



	peak_amparray

	Peak amplitudes














	
simplecochlea.utils.utils_freqanalysis.find_spectrum_peaks(x, fs, fmin=[], fmax=[], nfft=4092, thresh_db_from_baseline=6, do_plot=False)

	Find the peaks in the Power Spectral Density of signal x between fmin and fmax.
A peak is detected if its amplitude is over the threshold defined by thresh_db_from_baseline.


	Parameters

	
	xarray

	Input signal



	fsfloat

	Sampling frequency (Hz)



	fminfloat

	Lower range frequency (Hz)



	fmaxfloat

	Upper range frequency (Hz)



	nfftint

	Number of points for the FFT - Default : 4092



	thresh_db_from_baselinefloat

	Threshold for detecting peaks from the baseline, in dB - Default: 6



	do_plotbool

	If True, plot the PSD and the peaks - Default : False







	Returns

	
	peak_freqsarray

	Peaks frequency (Hz)



	peak_amps_dbarray

	Peaks amplitude (dB)



	pxx_sel_dbarray

	Power Spectral Density (dB)



	freqs_selarray

	frequency associated with the PSD














	
simplecochlea.utils.utils_freqanalysis.get_spectral_features(x, fs, fmin=[], fmax=[], nfft=2048, do_plot=False, logscale=True)

	
	Compute some spectral features using the librosa [https://librosa.github.io/librosa/index.html] library :

	
	Spectrum centroid


	Spectrum rolloff


	Peaks in the power spectral density









	Parameters

	
	xarray

	Input array. Must be 1D.



	fsfloat

	Sampling frequency (Hz)



	fminfloat

	Minimum frequency (Hz)



	fmaxfloat

	Maximum frequency (Hz)



	nfftint

	Number of points for the FFT - Default: 2048



	do_plotbool

	If true, plot the spectral features - Default: False



	logscalebool

	If True, use a log-scale for the x-axis - Default : True







	Returns

	
	spect_centroidfloat

	Spetrum centroid. See librosa.feature.spectral_centroid()



	spect_rollofffloat

	Spectrum rolloff. See librosa.feature.spectral_centroid()



	peaks_freqarray

	Peak in the spectrum



	pxx_dbarray

	Power Spectral Density (PSD), in dB



	freqsarray

	Frequency associated with the PSD
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simplecochlea package


Subpackages



	simplecochlea.cython package
	Submodules

	simplecochlea.cython.cochlea_fun_cy module

	simplecochlea.cython.lif_adaptthresh_fun_cy module

	Module contents





	simplecochlea.spikes package
	Submodules

	simplecochlea.spikes.spikelist module




	simplecochlea.spikes.spikepacket module

	Module contents





	simplecochlea.utils package
	Submodules

	simplecochlea.utils.utils_cochlea module

	simplecochlea.utils.utils_freqanalysis module

	Module contents












Submodules




simplecochlea.cochlea module

This file is part of simplecochlea.

simplecochlea is free software: you can redistribute it and/or modify
it under the terms of the GNU General Public License as published by
the Free Software Foundation, either version 3 of the License, or
(at your option) any later version.

simplecochlea is distributed in the hope that it will be useful,
but WITHOUT ANY WARRANTY; without even the implied warranty of
MERCHANTABILITY or FITNESS FOR A PARTICULAR PURPOSE.  See the
GNU General Public License for more details.

You should have received a copy of the GNU General Public License
along with simplecochlea.  If not, see <https://www.gnu.org/licenses/>.


	
class simplecochlea.cochlea.BandPassFilterbank(order, wn, fs, ftype='butter')

	Bases: object [https://docs.python.org/3/library/functions.html#object]

Band-pass Filterbank Class
Defines a bank of band-pass filters. The Cochlea class uses it to model the inner hair cells.


	Attributes

	
	fsfloat

	Sampling frequency (Hz). Each BandPassFilterbank instance must be applied to signals with the same sampling
frequency.



	orderint

	Filter order



	ftypestr

	
	Filter type. Must be in :

	
	‘butter’ : Butterworth filters


	‘bessel’ : Bessel filters


	‘fir’ : FIR filters










	n_filtersint

	Number of band-pass filters



	aarray

	Filter coefficients - equal to 1 if FIR filters



	barray

	Filter coefficients









Methods







	filter_one_channel(input_sig, channel_pos[, …])

	Filter input signal input_sig with channel specified by channel_pos



	filter_signal(input_sig[, do_plot, zi_in])

	Filter input signal input_sig.



	plot_caracteristics([n_freqs])

	Plot the frequency response of the differents band-pass filters







	
filter_one_channel(input_sig, channel_pos, zi_in=[])

	Filter input signal input_sig with channel specified by channel_pos


	Parameters

	
	input_sigarray

	Input signal



	channel_posint

	Channel position



	zi_inarray

	Initial conditions for the filter delays - default : None







	Returns

	
	outputarray (1D)

	Output filtered signal



	zi_outarray

	Final filter delay values














	
filter_signal(input_sig, do_plot=0, zi_in=[])

	Filter input signal input_sig.
Input signal is passed through all the band-pass filters.


	Parameters

	
	input_sigarray

	Input signal



	do_plotbool

	If True, plot the output filtered signals as an image.



	zi_inarray

	Initial conditions for the filter delays - default : None







	Returns

	
	outputarray (2D)

	Output filtered signals [n_filters * n_pnts]



	zi_outarray

	Final filter delay values














	
plot_caracteristics(n_freqs=1024)

	Plot the frequency response of the differents band-pass filters


	Parameters

	
	n_freqsint

	Number of frequencies used to compute the frequency response - Default : 1024







	Returns

	
	axhandle

	Pyplot axis handle


















	
class simplecochlea.cochlea.Cochlea(n_channels, fs, fmin, fmax, freq_scale, order=2, fbank_type='butter', rect_type='full', rect_lowpass_freq=[], comp_factor=0.3333333333333333, comp_gain=1, lif_tau=0.01, lif_v_thresh=0.02, lif_v_spike=0.035, lif_t_refract=0.001, lif_v_reset=[], inhib_vect=[], tau_j=[], alpha_j=[], omega=[])

	Bases: object [https://docs.python.org/3/library/functions.html#object]


	Attributes

	
	cf

	

	compressionbank

	

	filterbank

	

	fmax

	

	fmin

	

	forder

	

	freq_scale

	

	fs

	

	lifbank

	

	n_channels

	

	rectifierbank

	







Methods







	plot_channel_evolution(input_sig[, channel_pos])

	Plot the processing of input_sig signal through the cochlea, for channels specified by channel_pos.



	process_input(input_sig[, do_plot])

	Process input signal through the Cochlea



	process_one_channel(input_sig, channel_pos)

	Process a signal with 1 channel of the cochlea



	process_test_signal(signal_type[, …])

	Run a test signal through the cochlea.



	save(dirpath[, filename])

	Save the cochlea.







	
cf

	




	
compressionbank

	




	
filterbank

	




	
fmax

	




	
fmin

	




	
forder

	




	
freq_scale

	




	
fs

	




	
lifbank

	




	
n_channels

	




	
plot_channel_evolution(input_sig, channel_pos=[])

	Plot the processing of input_sig signal through the cochlea, for channels specified by channel_pos.
If channel_pos is not provided, 4 channels are selected ranging from low-frequency channel to high-frequency
channel.


	Parameters

	
	input_sigarray [1D]

	Input signal



	channel_posscalar | array | list | None

	Position of the channel(s) to plot. If multiples channels are selected, plot one figure per channel.
If none,  4 channels are selected ranging from low-frequency channel to high-frequency channel.














	
process_input(input_sig, do_plot=False)

	Process input signal through the Cochlea


	Parameters

	
	input_sigarray (1D)

	Input signal



	do_plotbool

	If True, plot the differents steps of the cochlea







	Returns

	
	spikelistSpikeList

	Output spikelist



	(sig_filtered, sig_rectified, sig_comp, lif_out_sig)tuple

	Contains the intermediary signals correponding to the different steps of the cochlea














	
process_one_channel(input_sig, channel_pos)

	Process a signal with 1 channel of the cochlea


	Parameters

	
	input_sigarray [1D]

	Input signal



	channel_posscalar | array | list | None

	Position of the channel(s) to plot. If multiples channels are selected, plot one figure per channel.
If none,  4 channels are selected ranging from low-frequency channel to high-frequency channel.







	Returns

	
	sig_filteredarray [n_chan, n_pnts]

	Signals after the band pass filterbank



	sig_rectiryarray [n_chan, n_pnts]

	Signals after the rectifier bank



	sig_compressedarray [n_chan, n_pnts]

	Signals after the compression bank



	lif_out_sigarray [n_chan, n_pnts]

	Signals after the LIF bank (Membrane potential)



	t_spikesarray

	Spikes time (s)














	
process_test_signal(signal_type, channel_pos=[], do_plot=True, **kwargs)

	Run a test signal through the cochlea. Test signals can be a sinusoidal signal, a step or an impulse signal.
Argument signal_type selects the wanted signal.
If channel_pos is provided and do_plot is True, channel evolution is plot.


	Parameters

	
	signal_typestr

	
	Test signal type. To choose between :

	
	‘sin’ or ‘sinus’ : Sinusoidal signal


	‘dirac’ or ‘impulse’: Impulse signal


	‘step’ : Step signal










	channel_posint

	Channel position



	do_plotbool

	If True, plot the results



	kwargs :

	Test signal parameters : ‘t_offset’, ‘t_max’, ‘amplitude’, ‘f_sin’ (for sinusoids only)







	Returns

	
	spikelistSpikeList

	Output spikelist














	
rectifierbank

	




	
save(dirpath, filename=[])

	Save the cochlea.
The cochlea model is saved as a .p (pickle) file. The filename is appended with the current date and time.


	Parameters

	
	dirpathstr

	Directory path



	filenamestr

	Cochlea filename.


















	
class simplecochlea.cochlea.CochleaEstimator(fs, n_filters, fmin, fmax, freq_scale=['linearscale', 'erbscale'], forder=[2], fbank_type=['butter', 'bessel'], comp_gain=array([0.8]), comp_factor=array([0.33333333, 0.25      , 0.2       ]), lif_tau_coeff=[0.5, 1, 3], lif_v_thresh_start=[0.3, 0.4, 0.5], lif_v_thresh_stop=[0.1, 0.15], lif_v_thresh_mid=[])

	Bases: object [https://docs.python.org/3/library/functions.html#object]

Methods







	grid_search

	


	grid_search_atom

	


	plot_param_scores

	


	plot_results

	


	print_cochlea_parameters

	


	process_input

	






	
grid_search(input_sig, t_chunk_start, t_chunk_end, pattern_pos, input_sig_name='')

	




	
grid_search_atom(param_i, input_sig, t_chunk_start, t_chunk_end, pattern_pos)

	




	
plot_param_scores(global_score, vr_score, spkchanvar_score, channel_with_spikes_ratio, n_spikes_mean, param_key=[], inner='box')

	




	
plot_results(global_score, vr_score, spkchanvar_score, channel_with_spikes_ratio, n_spikes_mean, param_grid, params_to_plot=['fmin', 'fmax', 'forder', 'freq_scale', 'fbank_type', 'comp_gain', 'comp_factor', 'lif_tau_coeff', 'lif_v_thresh_start', 'lif_v_thresh_stop', 'lif_v_thresh_mid'], order=[])

	




	
print_cochlea_parameters(param_grid, grid_pos)

	




	
process_input(cochlea, input_sig, t_chunk_start, t_chunk_end, pattern_pos, block_len_max=50000, w_vr=4, w_spkchanvar=1)

	








	
class simplecochlea.cochlea.CompressionBank(n_channels, fs, comp_factor, comp_gain)

	Bases: object [https://docs.python.org/3/library/functions.html#object]

CompressionBank Class
Parralel association of compression units.
Apply an amplitude compression using a logarithmic transform :


\(f(x) = comp_{gain} * x^{comp_{factor}}\)




Each channel can have a separate compression gain and compression factor.
In the cochlea, the compression bank follows the rectifier bank and precede the LIF bank.


	Attributes

	
	fsfloat

	Sampling frequency (Hz). Each BandPassFilterbank instance must be applied to signals with the same sampling
frequency.



	n_channelsint

	Number of channels



	comp_factorfloat | array

	Compression factor - \(f(x) = comp_{gain} * x^{comp_{factor}}\)



	comp_gainfloat | array

	Compression gain - \(f(x) = comp_{gain} * x^{comp_{factor}}\)









Methods







	compress_one_channel(input_sig, channel_pos)

	Apply the compression to input signal input_sig with channel specified by channel_pos



	compress_signal(input_sig[, do_plot])

	Compress input signal input_sig.







	
compress_one_channel(input_sig, channel_pos)

	Apply the compression to input signal input_sig with channel specified by channel_pos


	Parameters

	
	input_sigarray (1D)

	Input signal



	channel_posint

	Channel position







	Returns

	
	output_sigarray (1D)

	Output compressed signal














	
compress_signal(input_sig, do_plot=0)

	Compress input signal input_sig.
Each channel of the input signal is compressed by its correponding compression unit.


	Parameters

	
	input_sigarray (1D)

	Input signal



	do_plotbool

	If True, plot the output rectified signals as an image.







	Returns

	
	output_sigarray (2D)

	Output rectified signal [n_filters * n_pnts]


















	
class simplecochlea.cochlea.LIFBank(n_channels, fs, tau, v_thresh=0.02, v_spike=0.035, t_refract=[], v_reset=[], inhib_vect=[], tau_j=[], alpha_j=[], omega=[])

	Bases: object [https://docs.python.org/3/library/functions.html#object]

Leaky Integrate and Fire (LIF) Bank
Parralel association of LIF neuron model.
The LIF neuron is a simple spiking neuron model where the neuron is modeled as a leaky integrator of the input
synaptic current I(t).

A refractiory period can be defined preventing the neuron to fire just after emitting a spike.

By default each LIF unit (i.e. channel) is independant from the others. To model more complex comportement,
lateral inhibition can be added between units (channels).
This lateral inhibition is inspired from [1].

Adaptive threshold is another option. Instead of using a fixed spiking threshold defined bt v_thresh, it is
possible to model an adaptive threshold using the tau_j, alpha_j and omega attributes.
These variables implements the adaptive threshold model described in [2].

References


	1

	Gershon G. Furman and Lawrence S. Frishkopf. Model of Neural Inhibition in the Mammalian Cochlea.
The Journal of the Acoustical Society of America 1964 36:11, 2194-2201



	2

	Kobayashi Ryota, Tsubo Yasuhiro, Shinomoto Shigeru. Made-to-order spiking neuron model equipped with a
multi-timescale adaptive threshold. Frontiers in Computational Neuroscience. 2009






	Attributes

	
	fsfloat

	Sampling frequency (Hz). Each LIFBank instance must be applied to signals with the same sampling frequency.



	n_channelsint

	Number of channels



	taufloat | array

	Time constant (s)



	v_threshfloat | array

	Spiking threshold - Default : 0.020



	v_spikefloat | array

	Spike potential - Default : 0.035



	t_refractfloat | array | None

	Refractory period (s). If none, no refractory period - Default : None



	v_resetfloat | array | None

	Reset potential after a spike. Can act as a adaptable refractory period.



	inhib_vectarray | None - Default

	If defined, lateral inhibition is activated. If none, no lateral inhibition



	tau_jarray (1D) | None

	Time constants for the adaptive threshold. Usually no more than 3 time constants are needed. See [2].



	alpha_jarray (1D) | None

	Coefficients for each time constant defined by tau_j.



	omegafloat

	Threshold resting value (minimum threshold value).









Methods







	filter_one_channel(input_sig, i[, v_init, …])

	Filter one channel



	filter_signal(input_sig[, v_init, t_start, …])

	
	Parameters

	








	plot_caracteristics()

	Plot the LIFBank characteristics







	
filter_one_channel(input_sig, i, v_init=[], t_start=0, t_last_spike=[])

	Filter one channel


	Parameters

	
	input_sig1D array

	Input vector to be passed through the LIF



	iint

	Channel position



	v_initarray

	Initial LIF potential



	t_startfloat (default: 0)

	???



	t_last_spikefloat | none (default: none)

	Time of the last spike







	Returns

	
	v_outarray [n_pnts]

	LIF output potential



	t_spikesarray [n_spikes]

	Spikes time



	thresholdarray [n_pnts]

	Threshold at each time point














	
filter_signal(input_sig, v_init=[], t_start=0, t_last_spike=[])

	
	Parameters

	
	input_sigarray [1D]

	Input signal



	v_initarray

	Initial LIF potential



	t_startfloat (default: 0)

	???



	t_last_spikefloat | none (default: none)

	Time of the last spike







	Returns

	
	output_sigarray [n_chan, n_pnts]

	LIF output potential



	spikesarray [n_spikes, 2]

	First column contain the spikes time; the 2nd column contains the spike channel














	
plot_caracteristics()

	Plot the LIFBank characteristics










	
class simplecochlea.cochlea.RectifierBank(n_channels, fs, rtype='half', lowpass_freq=[], filtorder=1)

	Bases: object [https://docs.python.org/3/library/functions.html#object]

RectifierBank Class
Parralel association of rectifier units.
Half and full rectification are possible :



	half-rectification : \(f(x) = x if x > 0, 0 otherwise\)


	full-rectification : \(f(x) = abs(x)\)







Rectification can include a low-pass filtering using a Butterworth filters. Each channel can have its own filtering
cutoff frequency.
The cochlea uses a rectifier bank just after the band-pass filtering step.


	Attributes

	
	fsfloat

	Sampling frequency (Hz). Each RectifierBank instance must be applied to signals with the same sampling
frequency.



	n_channelsint

	Number of channels



	rtypestr

	
	Rectification type - to choose in(Default‘half’)

	
	‘half’ : \(f(x) = x if x > 0, 0 otherwise\)


	‘full’ : \(f(x) = abs(x)\)










	lowpass_freqflaot | array | None

	Low pass filter cutoff frequency. If scalar all channels are filtered in the same way. If it contains as much
frequencies as there are channels, each channel is filtered with its own cutoff frequency. If None, no filtering.
Default : None



	filtorderint

	Order of the low-pass filter



	filttypestr

	
	Indicates the filtering scheme :

	
	‘global’ : all channels are filtered with the same filter


	‘channel’ : each channel has its own filtering parameters


	‘none’ : no low-pass filtering










	aarray

	Low-pass filter coefficients



	barray

	Low-pass filter coefficients









Methods







	rectify_one_channel(input_sig, channel_pos)

	Rectify input signal input_sig with channel specified by channel_pos



	rectify_signal(input_sig[, do_plot])

	Rectify input signal input_sig.







	
rectify_one_channel(input_sig, channel_pos)

	Rectify input signal input_sig with channel specified by channel_pos


	Parameters

	
	input_sigarray (1D)

	Input signal



	channel_posint

	Channel position







	Returns

	
	output_sigarray (1D)

	Output rectified signal














	
rectify_signal(input_sig, do_plot=0)

	Rectify input signal input_sig.
Each channel of the input signal is rectified by its correponding rectifier.


	Parameters

	
	input_sigarray (1D)

	Input signal



	do_plotbool

	If True, plot the output rectified signals as an image.







	Returns

	
	output_sigarray (2D)

	Output rectified signal [n_filters * n_pnts]


















	
simplecochlea.cochlea.load_cochlea(dirpath, filename)

	Load the cochlea in pickle format (.p) defined by filename in dirpath






	
simplecochlea.cochlea.timethis(func)

	






simplecochlea.generate_signals module

This file is part of simplecochlea.

simplecochlea is free software: you can redistribute it and/or modify
it under the terms of the GNU General Public License as published by
the Free Software Foundation, either version 3 of the License, or
(at your option) any later version.

simplecochlea is distributed in the hope that it will be useful,
but WITHOUT ANY WARRANTY; without even the implied warranty of
MERCHANTABILITY or FITNESS FOR A PARTICULAR PURPOSE.  See the
GNU General Public License for more details.

You should have received a copy of the GNU General Public License
along with simplecochlea.  If not, see <https://www.gnu.org/licenses/>.


	
simplecochlea.generate_signals.delete_zero_signal(dirpath)

	There are some null signals (only zero amplitude) in the ABS directory. This function delete them.
Delete also constant signals (only one single amplitude)






	
simplecochlea.generate_signals.generate_abs_stim(dirpath, chunk_duration, n_repeat_target, n_noise_iter=1)

	Generate a stimulus used for Audio Brain Spotting (ABS). The stimulus is composed of one repeating target sound,
between n_noise_iter noise sound. It alternate between n_noise_iter noise sound (non-repeating one) and
the target sound, starting with a noise sound.


	Parameters

	
	dirpathstr

	Path of the directory containing the ABS stimuli



	chunk_durationfloat

	Duration of each segment (s)



	n_repeat_targetint

	Number of times the target sound is repeated



	n_noise_iterint

	Number of noise segments between 2 target repetition







	Returns

	
	fsfloat

	Sampling frequency (Hz)



	sound_mergedarray

	Output ABS stimulus



	sound_orderarray

	Pattern ID of each segment



	sound_namesarray

	Pattern name of each segment



	sig_target_normarray

	Target signal














	
simplecochlea.generate_signals.generate_dirac(fs, t_offset=0.2, t_max=1, amplitude=1)

	Generate a impulse signal (mathematically defined by the Dirac delta function)


	Parameters

	
	fsfloat

	Sampling frequency (Hz)



	t_offsetfloat

	Time offset of the impulse - Default : 0.2



	t_maxfloat

	Duration of the output signal - Default : 1



	amplitudefloat

	Amplitude of the impulse - Default : 1







	Returns

	
	sig_diracarray

	Output impulse signal














	
simplecochlea.generate_signals.generate_sinus(fs, f_sin, t_offset=0, t_max=1, amplitude=1)

	Generate a signal containing one or more sinusoides.
If multiples frequencies are defined by f_sin parameter, the output signal is the sum of the different sinusoides.


	Parameters

	
	fsfloat

	Sampling frequency (Hz)



	f_sinfloat | array

	Frequency(ies) of the sinusoide(s).



	t_offsetfloat | array

	Time offset of the origin of the sinusoide(s) - Default : 0



	t_maxfloat

	Duration of the signal (s) - Default : 1



	amplitudefloat | array

	Amplitude of the sinusoide(s) - Default : 1







	Returns

	
	signal_outarray

	Output sinusoidal signal














	
simplecochlea.generate_signals.generate_step(fs, t_offset=0.2, t_max=1, amplitude=1)

	Generate a impulse signal (mathematically defined by the Dirac delta function)


	Parameters

	
	fsfloat

	Sampling frequency (Hz)



	t_offsetfloat

	Time offset of the impulse - Default : 1



	t_maxfloat

	Duration of the output signal - Default : 1



	amplitudefloat

	Amplitude of the impulse - Default : 1







	Returns

	
	sig_steparray

	Output step signal














	
simplecochlea.generate_signals.get_abs_stim_params(chunk_duration_s, n_repeat_target, n_noise_iter)

	For a sequence when a target segment is repeating n_repeat_target timesand interleaved by n_noise_iter noise
segments, returns the pattern of each segments


	Parameters

	
	chunk_duration_sfloat

	Duration of each segment (s)



	n_repeat_targetint

	Number of repetition of the target



	n_noise_iterint

	Number of noise segments between two target repetitions







	Returns

	
	pattern_idarray

	Pattern ID of each segment



	pattern_name_dictdict

	Dictionnary giving the label of each pattern ID



	chunk_startarray

	Starting time of each segment



	chunk_endarray

	Ending time of each segment














	
simplecochlea.generate_signals.merge_wav_sound_from_dir(dirpath, chunk_duration, n_sounds, n_repeat_per_sound=1, max_sound_repet=1)

	
	Parameters

	
	dirpathstr

	Path of the directory containing the ABS stimuli



	chunk_durationfloat

	Duration of each segment (s)



	n_soundsint

	Number of different sound in the sequence



	n_repeat_per_soundint | array (default: 1)

	Number of repetition for each sound



	max_sound_repetint

	Maximal number of times a sound can appears in a row







	Returns

	
	fsfloat

	Sampling rate(Hz)



	sound_mergedarray

	Output sound sequence



	sound_orderarray

	Number of the sound in the sequence



	sound_namesarray

	Name of the sound in the sequence














	
simplecochlea.generate_signals.plot_signal(x, fs, ax=[])

	Plot signal x








simplecochlea.utils_freqanalysis module




Module contents

Simple-Cochlea Main Package
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