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#
# PHONEME_VOCAL FEATURES (pre-aipha prototype}
#

#iusi/binfeny pythond
# -*- coding: utf-8 -*-

Prototype Only — Not For Distribution

import os

imporl numpPy as np

iraport scipy.signal

import librosa

impod parselmouth # praat-parseimouth API (hitps://github.corn/YannickJdadoul/Parseimaouth)
from parselmouth.praat impon calt # to make calls directly o Praat engine

def compuie _power vector(y, sampling_rate, window_size=0.25);

o

Compute the power time series of a signal

parant y: Audio data. (np.array}

‘param sampling_rate: Sampling rate of audio data. (inl)

pararn window _size: Window size in seconds o cormpule mean over,

return: Power vector time series of audio data. (np.array)

y_duration = librosa.core.get_duration{y, sr=sampling_rate)

time_indices = ap.arange(0, y_duralion, window_size)

sampie_indices = librosa.core ime_to_samples{time_indices, sr=sampling_rate)
# Remove iast point from start indices and then make copy of indices with lag of 1
stari_indices = sample_indices{:-1}

end_indices = sample_indices[1:]

# Zip together indices and take mean of each window

power_vecior = [np.mean(y{start_ixiend_ix}y for starf_ix, end_ix in zip(starl_indices, end_indices}}

return power_vector

def band_pass_filter(y, filtQrder=6, flLo=100, Hi=4000, fSamp=44100});

s

Design a Bulterworth bandpass filter and filter inpul signal y

param y: Audio data. (np.array}

paranm fitOrder. Order of Butierworth file. (int)
‘param Lo low edge of passband, Hz. {int)
parara fHi: high edge of passband, Hz. (inl}
param f8amp: sampling rate, Mz, {int)

ceturn: Fillered audio data. (np.array)

# use butterworth bandpass

Wi =1{lo/ (iSamp/2)

W = fHi / (FBamp / 2)

Wi = W1, W2

b, a = scipy.signal.bulter{fitOrder, Whn, blype='handpass’)

filtered_y = scipy.signal.lfilfer(b, a, y)

return filtered_y ) F f G _:I;? 5A

'CONTINUES IN FIG. 158
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def tobSDZ00(y, sampling_rate):

anse

Compules standard deviation and mean of power in 200 Hz third octave band.

param y: Audio data. (np.armray}

param sampling_rate: Sampling rate of audio daia. {in)

return: 200 Hz standard devialion and mean power, {float, ficat)

# filter coeffs for 200 Hz TOB at fSamp = 20000, Designed in Matiab code quickTOBZ00.m

F&_RESAMPLED = 20000.0

B_VEC = {0.150483235850018e-3, 0.0, -0.451389707550054e-3, 0.0, 0.4513809707550054e-3, G, 0, -
0.150463235850018e-3])

A_NEC = {1.000, -5.075334750820780, 11.371080568135385, -14.269615060367908,
10.585208386202410, -4.381014825166177,

0.802032128838927]
WINLEN_SEC = 0.08

# make v a floating point column vector
y = np.doubie(y)
sz = np.shape(y) # col vecior....
ifsz{0} == 1.
y=y.T
print("flipped y: new size")
prini{np.shape(y})

# resample 1o 20,000 Hz

# conver sampling frequencies o integer muitiples of 100 Hz for resampling
upFact = np.rini{FS_RESAMPLED / 100}

dnfFact = pprint(sampling_rate 7 100} # round to nearest integer

y = soipy.signal.resample_poly(y, upFact, dnFach)

b = np.asarray(B_VEQC)
a = np.asaray(A_VEQC)

normalize power

y - np.mear{y)
y / max{np.abs{y)

#
¥
¥y
# step size for windows

sip = np nt(WINLEN_SEC * FS_RESAMPLED)

nsamp = np.sizey)
mwin = npint(nsamp / stp)

window = scipy.signal hamming(sip)

p = np.zeros(nwiny # power in window for each time window

'CONTINUES IN FiG. 15C

FIG. 15B.
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for k in range{nwin}:
i1=k~™stp
i2 =11 +stp
i2 = min({iZ, nsamp})

v = y[np.arange(il, i2)] * window

# down-sampie by & following definition
y2ds = scipy.signal.decimate{y2, 2)
y2ds = scipy.signai.decimate{y2ds, 2)
yads = scipy.signal.decimate{yads, 2)

y3& = scipy.signal.ifilter(b, a, y2ds)
trap = pp.sum{v3 3} / len(y3)

pik] = 107 np.logit{imp)

# note: converting to dB *before” computing slais
sd200 = np.std{p)
200 = np.mean(p}

return (sd200, mn200)

def compule _powerspectnumi(y, sampling_rate, window_length=0.1, time_slep=0.03):

For purposes of prototyping: this funclion compules a power spectrum using Parseimouth's spectrogram
method, it includes commented out code for mullitaper spectrum estimalion, which reduces noise bul is
very siow... this code may be calied elsewhere in the code {e.g., outside of phoneme_vocal_features.py)
but it may be cleaner {o call if from inside this code.

:param y: Audio data. (np.array)
param sampling_rate: Sampling rate of audic data. (int)
:param window_length: length of FFT window in seconds. (float)
param time_step: Step between FFT windows, in seconds. Default value gives 50% overlap (float)
return:
specliB: fime-averaged spectrum in decibels
fvec: frequency vector at for spectrum values
speclin: time-averaged spectrum, linear scale
it np.aliinp.isnani{y)} | (en{y)==0):
refurn np.nan, np.nan, np.nan
glse:
snd = parselmoulh. Scund(y, sampling_frequency=sampling_raie)
# praat default window lenghi is 0.005 sec; 200 Hz bin widih
# VLHR paper says 1o use 3 10 Hz bandwidih - OR ANYWAY LESS THAN 100
specirogram = snd.o_specirogramm{maxiraum_frequency=8e3, window_length=window_length,
time_slep=lime_step)
tvec, fvec = specirogram.x_grid(}, spacirogram.y_grid(} # Y is freq vecior
sg_lin = np.abs{specirogram.values)
specLin = npunean{sg_lin,axis=1)
spechB = 10" p.log10{specLlin+0.00C0001)

return{specDB, fvec speclin}

FEG. z 5C, :CONTiNUES IN FIG. 158D
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def compute_rms{y):

i

Computes RMS of a waveform

param y: Audio data. (np.array}

return rms: Root mean square of audic data. (float)
rms = np.sgri(np.mean(y™a))

return ms

def compute_spectrum_subband_entropy{ivec, flo, thi, spectrumy:

ste

Computes eniropy of spectrum 'spect’ between frequencies fio and fhi.

parara fvec: frequency vecior for specirum estimaie, in Hz
sparam fio: low end of frequency band of inferest
parara fai hi end of frequency band of interest
param spectrum: linear spectrum estimate, length of fvec
yelumn: Computed enfropy in dand
if np.ali{np.isnan{spectrum}):
return ap.nan
else:
ifrgq = np.where( (fvec »= flo} & (fvec <= fhi})
spechNorm = spectrumiiifral/np sumi{spectrum{iirg
entrop = -np.mean{ specNorm * npJog2(speacNorm+0.0000001) )

return entrop

def compute_spectrum_subband_flatness{fvec, flo, thi, spectrumy):

s

PCT/US2021/048242

Computes spectral flatness of spectrum 'spect’ between frequencies flo and thi

param fvec: frequency vector for spectrum estimate, in Hz (np.amay)
param fo: low end of frequency band of interest. (int}
:pararn thi: hi end of frequency band of interest. (int)
cparanm spectrum linear specirum estimate, length of fvec, (np.array)
return: Computed spectral flatness in band. (fioal)
if np.ali{np.isnan(speciruny):
return np.nan
else;
ifrg = np.where( (fvec »= flo)} & (fvec <= fhi))
arithMean = np.mean{spectrumfifrq})
geomMean = np.exp{np.meaninp log2{spectrumiifrgD))

speciraiFlatness = geomMean / arithMean

return spectralFlainess

'CONTINUES IN FIG. 15E

FIG. 15D.



WO 2022/047311 PCT/US2021/048242

32/41
CONTINUES FROM FIG. 130

def comnpuie_narmonicity(y, sampling_rate):

s

Computes harmonicity (harmonics - {0 - noise ratio) using default Praat seftings (this is wrapper for Praat).

parara y: Audio data. (np.array}
param sampling_rate: Sampling rate of audio data. (ini)
yelum: Average harmonicity over time. (Hioal}
if np.ali{np.isnaniy}):
return np.nan
else:
snd = parseimouth. Sound(y, sampling_frequency=sampling_rale)
hh = snd.lo_harmonicity()
A_mean = hh.values Tihhovalues T>0Lmean()
return A_mean

def compule _pilch_siats{y, sampling_rate, gender);

Wi

Caicuiate pitch stats, including jitter,

param y: Audio data. (np.array}

:param samgpling_rate: Sampling rate of audio data. {int)

param gender: Sex of this subject (st}

retumn:
mn: Mean pitch in Mz, cross-correlation method. (float)
mnAlt: Mean pitch in Hz, auto-correiation method (if they maich, higher confidence (float)
sd: Standard deviation of pitch in Hz. (float)
iqr: Interquartile range of pitch (more robust than st dev). (fical)
pr_localditter: Praat local jitter estimate. (float)
pr_localabsohusteditier, Praat local abs jitter estimate. {float)
pr_locaiShimmer: Praal tocal shimmer estimate. (ficat)
pr_localdbShimmer Praat local shimmer estimate, dB. (float}
meanGioitalPP: Praat mean glotial puise period. {floal)

if np.ali(np.isnan(y}):
min, moAl, sd, igr, nE ne.nan, np.anan, np.aan, np.nan, np.nan
#TODO BT:
jiler_abs, jiter_rel = np.nan, np.nan
pr_iocalditier, pr_localabsciuteditier, pr_locaiShinwner, pr_localdb8himmer, meanGloltalPulsePeriod =\
np.an, ap.nan, np.nan, ne.nan, ap.nan

else:

snd = parselmouth.Sound(y, sampling_frequency=sampling_rate)

# AR extract these atiribules {0 class

# BT: background noise is an issug in Samsung iab dala, so limit the lower bound of pitch estimale (8)
# 1o avoid locking on to fan noise. Nol an issue for Audacily, so use lower bound,

if gender == 'Female”

fl=100
fh = 500

eis;::#a’gﬂaie' FfG z SE

fh =500

'CONTINUES IN FiG. 15F
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try:
# auto-correlation method (defaul)
hh = snd.io_pitch(pilch_floor=fl, pilch_ceiling=f)
gileh_vec = hh.selecled_array{'frequency’]
# note, check below helps (o ensure that pilch is not found exactly at fioor... which would indicate
# that pitch is ikely actually below the specified floor
mn = pilch_vecipitch_vec » flf.mean
sd = pilch_vecipiteh_vec > fif.sid()
n = fen{pilch_vecpitch_ves > fij)
igr = np.diff(np.percentile(pitch_vec, [25, 7511){0]

# get jitter while we have pitch! Call praat directiy!

pointProcess = call(snd, "To PeointProcess (periodic, co)”, fi, fy)

pr_localditter = cali{pointFrocess, "Get jitter (local)", 0, ¢, 0.0001, 0.02, 1.3}

pr_localabsciuteditter = cali{pointProcess, "Get jitter (local, absociute)”, 0, 0, 0.0001, 6.02, 1.3)

# could consider adding these features in the fulure. .

#rapditter = call{poiniProcess, "Get jitter (rap)”, 4, 0, 0.0001, 0.02, 1.3)

#ppgsditter = cali{pointProcess, "Get jitter (ppygs)", 0, G, G.0001, 8.02, 1.3}

#ddpditter = call(peintProcess, "Get jitter (ddp)”, 0, 0, 0.0001, 6.02, 1.3)

pr_locaiShimmer = call{{snd, pontProcess], "Get shimmer {local)”, 0, 0, 8.0001, 4.02, 1.3, 1.8)
pr_localdbShimmer = cali{(fsnd, pointProcess], "Get shimmer {local_dB)", G, 0, 0.0001, 8.02, 1.3, 1.6}

# mean glottal pulse period
imp = cali{poiniProcess, "To Mairix™)
meanGiollalPP = ap.nanmean(np difittmp valussh

# collect some alternale pitch values; can check {0 see if estmaies match
hn2 = snd.to_pitch_cc{piich_floor=fi, pitch_ceiling=th)
pilch_vecd = hhd selecled_amay[reguency’l # autocorrelation raethod (defaulf)
mnAl = pitch_vec2.rmean(}
except:
mn = mnAll = sd = igr= n = npanan
pr_localditter, pr_localabsoiuleditter, pr_locaiShimmer, pr_localdbShimmer, meanGiottaiPP =\
Ap.Nan, Np.Aan, Ne.nan, np.nan, npnan

return mn, mnAl, sd, igr, pr_lccalditter, pr_localabsoiuleditter, pr_locaiShimmer, pr_localdbShimmer,
meanGlottalPP

'CONTINUES IN FIG. 15G
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def cornpute_vihi(y, sampling_rate, fout=1000, time_step=0.08, window_length=0.1,
freguency_step=3, minimum_frequency=65, maximum_frequency=8e3):

i

Compules VLHR (voiced iow 1o high ratio)}

Jparam y: Audio data. (np.amay}
parara sampling_rate; Sampling rale of audio dala. {int}
cparam foul: Fregency that divides ‘low' from 'high' freq range. (int}
parara time_step: Time in seconds used (o compute the underlying spectrogram. (fical)
param window_tength: Time in seconds used to compute the underying spectrogram. (floal)
param frequency_step: Time in seconds used 1o compule the underlying spectrogram. {(int)
sparam minimum_frequency: Lower bound of low range, Hz defauits 10 65 Hz, but can be set higher if fan
noise is issue. (int}
cparam maximuim_frequency: Upper bound of high range, Hz. {ind)
et Voiced fow (o high ratio. (floal)
if np.all{np.isnaniy)):
return np.nan
else:
snd = parseimouth. Sound(y, sampling_frequency=sampling_rate)

try:
spectrogram =
snd.to_spectrogram(time_step=time_step,window_length=window_length,frequency_step=frequency_step,
maximura_frequency=maximum_freguenacy)
except parselmeuthn.PraatError as e # Praat AP Error
# waveform is ioo short
# raise Exception(e)
VLHR _out = np.nan
eise:
_, Y = spectrogram.x_grid(}, spectrogram.y_gnd()
AEA A
indsL.FP = np.iogical_and( Y » minimum_ireguency, Y < foul}
indsHFP = Y » foul
LFP = np.sum(specirogram.valuesfindslLFP, ], axis=0}
HFP = np.sura{specirogram.values{indsHiFR, },axis=0)

# compule ratio
VIHR =[xy for x, y in zip(LFP,HFP)}

# average over time & log transform
VLHR _out = 10*np.logi10{np.array( VLHR).mean()

return VLHR _out

"CONTINUES IN FiG. 15H
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def cornpute_spec_contrast(y, sampling_rate):

st

Computes spectral contrast metric for speciral complexity. Higher contrast is a likely cue that subject
is congested. This exaraple proloiype function uses the ibrosa implementation.

Jparam y: Audio data vecior, (np.array)
parara sampling_rate; Sampling rale of v. (int)
return: spectral contrast values in 3 freq bins (see librosa docurneniation link below)
if nol sampling_rate:
sampling_rate = 22050
S = np.absdibrosa stit(y))
contrast = librosa. feature spectral_contrast(S=8, sr=sampling_
# extract relevant octave bands - see hitps//musicinformalionretrieval.comspectral_fealures. hitml
mnBind = np.mean{contrasi3y, :})
mnBind = np.mean{contrast{4, .
mnBind = np.mean{contrasys, ;)

return mnBind, mnBind, mnBind
def compute_mifce(y, n_mfce, sampling_rate, n_=2048, hop_length=512):

Extract Mel-frequency cepstral cofficient series on audio signal y through Librosa's implementation.
librosa documertation: hitps:/librosa.github.io/librosa/generated/ibrosa feature.mfcc. htmi

:param y. audio data vecior. (np.array)

param n_mfce: # coefficients to compute (int)
parara n_fii: FFT length in samples {int)

.parant hop_length: FFT overlap in samples {float)
return: MFCC sequence (dictionary)

e

if np.all{np.isnan{y}):

reiurn np.nan
rafee_series = librosa iealure mfco(y, sr=sampling_rale, n_mfco=n_mice, n_ffi=n_f#, hop_length=
hop_length)

# comnpute mean and standard deviations for each coefiicient

mfce_mean = np.mean{mfos_series, axis=1})

mfce_sd = np.std{mice_series, axis=1)

mifce_diot = {'mfcc{iMn’ format(idx+1): val for idx, val in enumerate{micc_mean)}
mfce_dict.update{{'mfcc{}Sd' format(idx+1): val for idx, val in enumerate{mfcc_sd)})

return mice_dict

'CONTINUES IN FIG. 151
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def compute_formants(y, sampiing_rate):
- Computes first three formants (prototype example uses parselmouth). These can be used to distinguish
different vowels.

parant y: Audio data. (np.amray}

parara sampling_rate: Sampling rate of audio data. {int)

returm:
Firan, F2mn, F3mn: mean formant frequency in Hz for formants 1,2 and 3
Fisd, F2sd, Fasd: standard deviation of formant frequency in Hz for formants 1,2 and 3
Fibw, F2bw, F3bw: formant bandwidth in Mz for formanis 1,2 and 3

snd = parselmouth. Sound(y, sampiing_rate)

foat = snd do_formant_burg() # reverting back {c defaults time_slep=0.0025)

fmi_frg = np.zeros{ (frmi.nt, 3} )
frat_bw = np.zeros{ (frmi.nt, 3) )

pptirmes = frmt.xs(}
nurn_points = len{pplimaes)

for itm in range{(num_paintsy:
for ifm in range (3}
fn = ifm + 1 # formant numbers are ones-based

mnFreq = np.nanmean(imi_frq,axis=0)

sdFreq = np.nanstd{fmi_frg, axis=0)

mnBYY = np.nanmean(fmt_bw,axis=0)

sdBW = np.nanstd{fmi_bw, axis=0)

it = np.hstack{{mnFreq, sdFreq, mnBW, sdBW])

cotnames = ['Fimn','F2mn' ' F3mn’ 'Fisd' 'F2sd | 'F3sd 'bwFimn','bwr2mn’'bwF3mn','bwFisd’"bwF2sd’,
wF3sdl

formant_dict = dict{zip{colnames, )

return formant_dict

'CONTINUES IN FIG. 15J
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def segment_audio_data(path_io_phoneme_recording, recording_duration, sampling_rale, offsel_iime,
{ransient_time, signai_duration):

param path_to_phonerme_recording: File path (o phoneme recording. (sin)

param recording_duration: Length of phonerne recarding. (float)

param sampling_rate: Sampling rate of recording. (inf)

param offset_lime: Time in seconds {o fruncale from each end to eliminate any non-speech. (fioat)

param transient_time: Additional time to remove form start of cleaned recording lo remove transient
sounds. {float)

:param signal_duration: Duration of phoneme recerding o capture after removing transient sound from
the start. (float)

return: Segmented recording of length signal_duration which contains clean phoneme recording.
(np.array)

# further remove transient sound from start of recording and take minfien{trimmed_audio}, 2.5s) of data
segmented_recording_duration = recerding_duration - 2 * offsei_time
phoneme_audio_data, _ = librosa.core.load(

path=path_io_phoname_recording,

sr=sampling_rate,

offset=offset_time,

duration=segmented_recording_duration
)
fittered_phonerne_data = band_pass_filter{phoneme_audio_data)
phoneme_duration = librosa.gel_duration{fitered_phoneme_data, sr=sampling_rale)
rain_phoneme_duration = transieni_time + signal_duration
segmeni_start_idx = librosatime_to_samples{iransieni_time, sr=sampling_rate}

if phoneme_duration < min_phoneme_duration:
segmented_phoneme_data = filtered_phoneme_data{segmeani_start_idx:}
els

@

4

egment_end_idx = librosa time ]
segmenied_phoneme_data = filered_phoneme_dalajsegment_starl_idxisegment_end_idx]

return segrnented_phoneme_daia

def extract_vocal_features(audio_data, sampling_rate, gender, n_mfcc=20):

Computes vocal features to be extracted from audio recordings and merge into a single dictionary.

:param audio_data: Segmented audic data. {np.array)

param sampling_rate: Sampling rate of recordings. (int)

:param gender: Gender of subject - male or female. Used in calculating pitch features. (stn).

:param n_mfce: Number of MFCC's to extract. (inf)

pararn window_length: Window length for VLHR periodogranm analysis, sec. (float)

return: A dictionary storing each voice feaiure.

features_dict = §}

# truncated _audic_data = truncate_audic_data(audic_data, sampling_rate, buffer_time, offsei, signal_
duration)

'CONTINUES IN FIG. 15K
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try:

# first output was formerly iabeled speclt

-, ireq_vec, speclink1 = compule_powerspectrumiaudio_data, sampling_rate)
except parseimouth.PraatErmor as e:

# waveform is too shori

prini(e)

prini("Storing speclinl 1 and freg_vec vaiues as Nan.)

freq_ves = np.nan

speclinlt = np.nan

# use rms to normalize wave forms

features_dict{'rms] = compute_rms(audio_data)

norm_audic_data = audio_data/isatures_dict]rms'}

features_dict{tob200SD, features_dici[tob200MB'} = toh80200(norm_audio_data, sampling_rate)

features_dict{'harm’] = cornpute_harmonicity(norm_audic_data, sampling_rale)

features_dicif'pitchMn’, features_dict{'cov_pitch'], features_dict{'covigr_pitch'], features_dict{'pitchMnALL] \

features_dictjitter_pi'], features_dict{'abs_jitler_pri, \

features_dicif'shimmer_pr1, features_dict'shimmer_db_pr]. features_dict{'mean_giottal_puise_period} =\
compute_pitch_stats{norm_audio_data, sampling_rate, gender}

# see DO 10.19080/GJ0.2017.08.555737 for references to different definitions.

# Lee 2003 uses 4.47&pilch; LeeYankKuo 2003 uses 800 Mz cutofl

# factor of sqrt(8) = 4 47 is from Lee et ai, 2003 VLHR paper

freq_oul = features_dictipitchMn’'l*4 .47

features_dict{'VLHR'] = compute_vihr{nonm_audio_data, sampling_rate, foul=freq_cut)
features_dict{'VLHRE00T = compute_vihr(norm_audio_data, sampling_rate, fout=600.0)

specContrasiVinBin3, specContrastMnBind, specContrastMnBind = compute_spec_conirast(
norm_audio_data, sampling_rate}

features_dict{'specContrasieltio 16007 = specContrastMnBind

features_dict{'specContrast1800io32007 = specContrastMnBind

features_dict{'specContrast3200i084007 = specContrastMnBing

# lab visit data suggesis 1500-2500C is best freg range for eniropy,; could be revisiled

features_dici['entropy 15001025007 = compute_spectrum_subband_entropy{ireq_vec, 1500, 2500, speclinl1)
features_dictlentropy 18001032007 = compute _spectrum_subband_entropy(freq_vec, 16800, 3200, speclinl 1)
festures_dict{'flatness 1500102500 = compute_spectrum_subband_flainess{freq_vec, 1500, 2500, speclini1)

# Compute formant feature
formants_dict = compute_formants{norm_audio_data, sampling_rate)
features_dict.update(formants_dicl)

mifce_dict = compute_micc(norm_audio_dala, n_mfce, sampling_rale)
features_dict.update(mfcc_dict)

return features_dict

def check _formani_bounds(firn, phoneme_label):
if phoneme_label == "m"

elif phoneme_label == o"
f_is_out_of _bounds = fimn < 400 or fimn > 850
glif phonems_label == ‘e"

f1_is_out_of _bounds = fimn <« 200 or fimn > 400

return f1_is_out_of bounds

FIG. 15K.

CONTINUES IN FiG. 151
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def check_phoneme_guality(phoneme_data, background_data, sampiing_rate, fimn,
phoneme_label, threshold_length=2, thresheid_snr_linear=5):

[

parara phoneme_data: Segmented audio data. (np.array)

param background_data: Background sound sample data. (np.amay)

parara Firan: mean frequency of first formant, Hz, {ind)

param phoneme_label Ground truth iabel of phoneme. (str)

parara sarapling_rate: Sampling rate of audio and background data. (int)

param threshold_lengih: Minimurn desired signal length, sec. (int)

parara threshold_snr_linear: minimurm desired SNR, linear scale - not dB. {(nt)

geturn: Dictionary with booleans for short signal, fow SNR, and formant 1 oul of bounds.
audic_duration = librosa.get_duration{phoneme_data, sr=sampling_rate)
speach_power_vector = compute_power_vector(phoneme_dala, sampling_rate)
hackground_power_vector = comnpute _power_veclor{background_data, sampling_rale)
est_snr = np.median{speech_power_vector) / np.median(background_power_vector)

ge_dict =1
‘'short_signal_length'; audio_duration < threshold_length,
fow_snr': est_snr < thresheld_snr_linear,
'F1_out_of bounds”: f1_is_out_bounds

}
return go_dict

def segment_and_extract_features(path_te_phoneme_recording, path_io_background_sample,
phoneme_labet, gender, sampling_rate=44100,
offsef_time=0.25, transient_time=0.75, signai_duration=2.5, n_mfcc=13, ™qc_kwargs):
pararm path_to_phoneme_recording: File path to phoneme recording. (str).
param path_to_background_sample: File path to background noise segment. (stn)
parara phoeneme_label Ground truth iabel of phoneme. (sin
param gendern Gender of subject - ‘Fernale’ or 'Male'. (sin
parara sarapling_rate: Sampling rate of audio data. {int}.
Jparam offset_time: Time in seconds t0 truncate from sach end to eliminaie any non-speech. (floatl)
param fransient_time: Additional time 1o reraove form slart of cleaned recording to remove fransient
sounds, (float)
parara signal_duration: Duration of phoneme recording to capiure afier removing iransient sound from
ihe siat. (floal}
sparam n_mfce: Number of MFCC coeflicients 1o exiract. (int)
‘param go_kwargs: Additional key word arguments for check _guality_conirol
M mean frequency of first formant, Mz, {in)
threshinld_length: Minimum desired signal iength, sec. (int}
threshold_snr_linear: minimum desired SNR, linear scale ~ nol dB. (in)
bounds_formant: 2-element vector with upper, lower range of believable formant frequencies, Hz {int, in
return: A dictionary with vocal features and a dictionary wilh QG booleans.
# rinimum speech time needed in order to segrnent features and run pipeline
min_recording_duration = offset_time*2 + transient_time
audio_duration = librosa.get_duration(filename=path_lo_phoneme_recording)
assert audio_duration > min_recording_duration

FEG, _Z SLe "CONTINUES IN FIG. 15M
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phoneme_data = segmeni_audio_data(path_{o_phoneme_reccording, audio_duration, sampling_rate,
offset_time, transient_time, signal_duration)

vocal_features = extract_vocal features(phoneme_data, sampling_rate, gender, n_mfcc)

background_daia, _ = librosa.core.ioad(path=path_to_background_sample, sr=sampling_rate)

qc_tags = check_phoneme_gualily(phoneme_data, background_data, sampling_rate,
vocal_features['Fimn’], shoneme_label, *gc_kwargs)

return vocal_features, go_flags
# Eoiry point for running prototype code is below

if _pame__ =='_ main__"
segrenied_phonemes_dir = 0s.path expanduser(~/Downlcads/example_voice_algorithm_files’}

# meia-data and exiraclion paramelers

CONFIG = §

‘path_to_segmenied_phoneme’ 0s path.join{segmenied_phonemes_dir, 'vhoneme_axamgpie wav'),
7, ‘phoneme_background

exaimple.wav'y,
‘phoneme_label' 'm',
‘gender’: 'Male’,

}

features_dictionary, go_dictionary = segment_and_extract_features(
CONFiG[path_to_segmented_phoneme’],
CONFiG['path_to_background_samgie’],
CONFiG['phoneme_iabel},
CONFiG['gender']

)

for key, value in features_dictionary.items():
print(key, value)

print{gc_dictionary)

FIG. 15M.
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