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LAB_ ¢ Que informacion podemos encontrar en un audio?

Hay ruido, musica, habla, ...
Cuantas personas hablan y
cuando habla cada una de ellas
Cuales son las identidades de las
personas que hablan

En que idioma estan hablando
Qué dice cada una de ellas

Cual es el estado emocional de
cada una de ellas
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Segmentacion de Audio
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Segmentacion de .
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Segmentacion de Audio

* ;Qué es?:

* Dividir el audio de entrada en fragmentos atendiendo al tipo de
contenido acustico: Voz / Musica / Ruido y combinaciones de estos.
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» ;[Para qué sirve?:

* Da soporte a otras tareas de extraccion de informacion como:
 Diarizacion
* Identificacion del hablante
* Conversion Voz-Texto



Segmentacion de Audio

Institut national de I'audiovisuel /

* Herramienta Open-Source

Command-Line Interface

* inaSpeechSegmenter:

Binary program ina_speech_segmenter.py may be used to segment multimedia archives encoded in any format
supported by ffmpeag. It requires input media and provide 2 segmentation output formats : csv (can be displayed
wit r) and TextGrid (Praat format). Detailed command line options can be obtained using the

[0 README &[5 MIT license following command :

$ inafspeechfsegmenter.py —-help

inaSpeechSegmenter

python 3.8 3.9 3.10 | 3.11 [ 3.12 [ 3.13 () Python 3.8 to 3.13 unit test'passing] pypi package 0MBI0] docker pulls 537 Application Programming Interface

inaSpeechSegmenter is a CNN-based audio segmentation toolkit suited to the tasks of Voice Activity Detection InaSpeechSegmentation API is intended to be very simple to use, and is illustrated by these 2 notebooks :

and Speaker Gender Segmentation. al: use APl online

It splits audio signals into homogeneous zones of speech, music and noise. Speech zones are split into segments : to be used offline

tagged using speaker gender (male or female). Male and female classification models are optimized for French
language since they were trained using French speakers (acoustic correlates of speaker gender are language
dependent). Zones corresponding to speech over music or speech over noise are tagged as speech. Singing voice
is tagged as music.

The class allowing to perform segmentations is called Segmenter. It is the only class that you need to importin a
program. Class constructor accept 3 optional arguments:

« vad_engine (default: 'smn'). Allows to choose between 2 voice activity detection engines.
o 'smn' is the more recent engine and splits signal into speech, music and noise segments
o 'sm' was not trained with noise examples, and split signal into speech and music segments. Noise
segments are either considered as speech or music. This engine was used in ICASSP study, and won
MIREX 2018 speech detection challenge.
« detect_gender (default: True): if set to True, performs gender segmentation on speech segment and outputs
labels ‘female’ or 'male’. Otherwise, outputs labels 'speech’ (faster).

Highlights

‘W ranked #1 against 6 open-source VAD system on a

# Extended as a non-binary Voice Gender Prediction system for

& Used since 2020 in the annual French

TV and radio!

W Used to investigate the relationship between manual and automatic women representation descriptors in
Fr v io

° g Applied for i ies in French TV and radio.

& won | i

« ffmpeg: allows to provide a specific binary of ffmpeg instead of default system installation

https://github.com/ina-foss/inaSpeechSegmenter



https://github.com/ina-foss/inaSpeechSegmenter
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Segmentacion y Agrupacion de Hablantes

* ;Que es?:
* Dividir en fragmentos atendiendo al interviniente y agrupar dichos
fragmentos en funcion de la identidad del locutor.
* Término usado por la comunidad: Diarizacion

* Diarise: (Diarize) to make use of a diary to record past events or those planned for the
future.

- ;/Para qué sirve?: .

* Tecnologia soporte para mejorar prestaciones de:
* Reconocimiento automatico del habla
e Reconocimiento del hablante




Segmentacion y Agrupacion de Hablantes




Segmentacion

Segm 1 Segm 2 Segm 3 Segm 4 Segm 5




Agrupacion

Segm 1 Segm 2 Segm 3 Segm 4 Segm 5

2 82 9

Locutor A Locutor A
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Segmentacion y Agrupacion de Hablantes

- ;Para qué sirve?:

* Tecnologia soporte para mejorar prestaciones de:

* Reconocimiento automatico del habla
* Reconocimiento del hablante




Medida del Error

Diarization Error

 Diarization Error Rate: i

Tincorrecto

DER =

T‘UOZ

* Componentes del error:
» Perdida:
* Hay voz pero se ha confundido con silencio.
 Falsa Alarma:
* No hay voz pero se ha detectado erroneamente.
* Error de Locutor: * MISSED SPEAKER TIME ™ FALARM SPEAKER TIME
° Se ha Confundido un locutor con otro. ® SPEAKER ERROR TIME ™ OVERLAPPED SPEECH
* Error por Solape:
* Dos locutores hablan a la vez, pero solo se ha identificado a uno.
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Segmentacion y Agrupacion de Hablantes

pyannote

[ P
pyannoteAl

1

* Herramienta Open-Source

* Pyannote:

& Community About org cards

== Organization Card ® Getting started

: ) pypi v4.0.3 ) ; :
audio latest release available from [ eit] commended) or pip:

d pyannote.audio
all pyannote.audio

Identify who speaks
”’P pyannoteA| when with pyannote

Enjoy state-of-the-art speaker d

W simply detect, segment, label, and separate speakers in any language X X _
pyannote.audio rt Pipeline

) Open source toolkit @ Open models @ Discord  LinkedIn 3 X pipeline = Pi ine.from_pretraine r-diari i nmund : o GGINGFACE _TO

output
* What is speaker diarization?

Speaker Diarization

Speaker diarization is the pr ss of automatically partitioning the audio recording of a conversation into segm g y "IP v
ring the question "who spoke when?". As the foundational layer of conversational Al, speaker diarization provid pyannOteAl
sights for human-human and human-machine conver: ck e range of downstream applications: meeting trai

call center analytics, voice agents, video dubbing.
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Identificacion de Hablantes

- (Para qué sirve?:
 Permite asignar identidades concretas a fragmentos de audio de un
contenido analizado




Como se hace ...

Speaker labels
[ T ]
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De cada fragmento
de voz se extrae una
“huella” que se
compara con las
almacenadas en la
fase de registro para
saber quién ha
pronunciado ese
contenido






Precision ...

1 : — Test National Institute of
Standards and Technology
FA < 0.1% U.S. Department of Commerce
ﬂ{_, “1 FR~10% The 2019 NIST Speaker Recognition Evaluation CTS Challenge
o
= 7 FA < 2 % Seyed Omid Sadjadi’, Craig Greenberg', Elliot Singer*', Douglas Reynolds®",
:‘7 104 Lisa Mason®, Jaime Hernandez-Cordero’
& FR<2%
= ]
&4
1 -
0%+
i \‘_\‘\
[
|:-| l:iUE 4] l:.:'l l'.|-].|:|..|; .'JU':l 1 :' 'EI ].D ..'-lil 4I|.:'

false-alarm rate [%]

Redes Neuronales con
cientos de millones de
parametros consiguen
e ey S —— Y 7 L tasas de

S error por debajo del 2%

7,000 + 1 million + 2,000 +

speakers utterances hours



En entornos reales de operacion ...

« Alta variabilidad en la voz de los hablantes

* Diversidad de dominios acusticos
(Estudio, Calle, Estadio, ...)

* Solape entre hablantes
* Intervenciones de corta duracion
 Voz emocional, stress, ...

* Reto para el Archivo: Variabilidad Intra-
Locutor
 El mismo hablante suena distinto segun el contexto.

* Envejecimiento:
La voz de un politico en 1980 y su voz en 2010 no son

iguales.

* Entorno:
El mismo periodista hablando en un estudio
insonorizado (voz 11 rave) o informando desde

una zona en guerra (gritando, micréfono de mano, ruido).



Identificacion de Hablantes

= Reconocimiento de personas en programas de TV:

Spk A Spk A Spk D

Asignar
Extraer Diarizar Identidad Motor
Audio Audio CNEWCIN Reconocimiento

Biométrico

Spk Metadata File

RegIStrar FileA John Smith startl end1
Locutores File A John Smith start2 end2
Ac File B John Smith startl end1
Base de Datuo File C John Smith start 1 end1
Hablantes FileB Mary Adams startl end 1
File C Sam Sanders startl end 1




Diarizacion Junto con Identificacion de Hablante:

Segm 1 Segm 2 Segm 3 Segm 4 Segm 5
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Eval. subset 25.11 17.20 16.49 65.31 60.34 31.95




entificacion de Hablantes

* Herramienta Open-Source

Speecn™ Brain
* SpeechBrain:

] README  ~: Contributing iz Apache-2.0 license &2 Security

Speaker Verification with ECAPA-TDNN embeddings on Voxceleb

This repository provides all the necess ools to perform speaker verification with a pretrained

2A-TDNN model us hBrain. The system can be used to

SpeechBrain

IL. It is trained on Vi le eb? training data.

mF‘.‘ease, help our community project. Star on GitHub!
mn - - 0 . Release EER(%)
Exciting News (January, 2024): Discover what is new in SpeechBrain 1.0 %)

0.80
% ® What SpeechBrain Offers

= SpeechBrain is an open-sourc Torch toolkit that accelerates Conversational Al development, i.e., the
technology behind speech assistants, chatbots, and large language models. . . P
g S Pipeline description
= It is crafted for fast and easy creation of advanced technologies for Speech and Text Processing.
@ Vision This system is composed of an ECAPA-TDNN model. It is a combination of convolutional and residual
blocks. The embeddings are extracted using attenti atistical pooling. The system is trained with
With the rise of d rning, once-distant domains like speech processing and NLP are now very close. A . . N . . _ . i .
well-designed neural network and large datasets are all you need. Additive Margin Softmax Loss. Speaker Verification is performed using cosine distance between
We think it is now time for a holistic toolkit that, mimicking the human brain, jointly supports diverse speaker Emhf‘ddi”EE-
technologies for complex Conversational Al systems.

This spans speech recognition, speaker recognition, speech enhancement, speech separation, language
modeling, dialogue, and beyond.

.. https://github.com/speechbrain/speechbrain

Aligned with our long-term goal of natural human-machine conversation, including for non-verbal
lals, we have recently added support for th, >

Speech™Brain


https://github.com/speechbrain/speechbrain
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Identificacion de Idioma

- ;[Para que sirve?:

* En entornos multilingiies, permite el indexado y la recuperacion de
documentos:

 Esencial en esos entornos como soporte a:

* Reconocimiento automatico del habla



Identificacion de Idioma

4

Conversion
Voz-Texto
(Castellano)

Conversion
Voz-Texto
(Catalan)

La Fundacion ”la Caixa” ha hecho balance de la asistencia a sus centros y
exposiciones culturales y cientificas durante 2021, afio todavia marcado por la
pandemia. La entidad ha hecho un gran esfuerzo para recuperar el ritmo de
visitantes en los ocho centros CaixaForum y en CosmoCaixa, y en las exposiciones
itinerantes, para conseguir que la cultura sea segura siguiendo las restricciones
de capacidad para el cévido estipuladas por las comunidades auténomas. El
publico ha respondido y 5,2 millones de personas han visitado los centros y han
vivido las diferentes propuestas culturales, cientificas y educativas. Son 1,3
millones de personas mas que en 2020 (+35,7%).

Aixi, set de cada deu visitants habituals abans de la pandémia han tornat als
centres CaixaForum i CosmoCaixa, un total d’1,9 milions de persones. Cal sumar-
hi els 3,3 milions de visitants de les exposicions itinerants en més de 70 ciutats de
tot Espanya.

CaixaForum Barcelona, la mas visitada, ha sido la exposicion interactiva e
inmersiva Teamlab. Arte, tecnologia y naturaleza (en la imagen), seguida de El
sueno americano. Del pop a la actualidad, con obras de Andy Warhol o Roy
Lichtenstein, producida con la colaboracién del British Museum. Por su parte,
CosmoCaixa ha acogido, con gran afluencia de publico, PRINT3D. Reimprimir la
realidad y Nikola Tesla. El genio de la electricidad moderna, esta uUltima vigente
hasta febrero de 2022.




Identificacion de Idioma

* Acusticos
 Tratan de buscar patrones discriminativos directamente sobre la sefial de voz

* Fonotacticos (Lingiiisticos)

* Primero procesan la sefal de entrada con un (o varios) reconocedor fonético (en varios
idiomas) después buscan patrones discriminativos en las secuencias de fonemas de salida

ETIQUETAS DE
IDIOMA:

‘h 4 " > DAL Francés
L E (Castellano) >
ﬂ \ CLASIFICADOR UL

—> Italiano

SENAL DE (RED NEURONAL) Catalan
VOZ Aleman




Identificacion de Idioma

* Herramienta Open-Source

* SpeechBrain:

] README Contributing Apache-2.0 license Security

peechBrain

ﬂ Please, help our community project. Star on GitHub!

g News (January, 2024): Discover what is new in SpeechBrain 1.0 h:

® What SpeechBrain Offers

SpeechBrain is an open-source toolkit that accelerates Conversational Al development, i.e., the
technology behind speech assistants, chatbots, and large language models.

It is crafted for fast and easy creation of advanced technologies for Speech and Text Processing.

@ vision
With the rise of dee rning, once-distant domains like speech processing and NLP are now very close. A
well-designed neural network and large datasets are all you need.

We think it is now time for a holistic toolkit that, mimicking the human brain, jointly supports diverse
technologies for complex Conversational Al systems.

This spans speech recognition, speaker recognition, speech enhancement, speech separation, language
modeling, dialogue, and beyond.

Aligned with our long-term goal of natural human-machine conversation, including for non-verbal
uals, we have recently added support for th

Speec

Speech™Brain

rain

VoxLingualOT ECAPA-TDNN Spoken guage Identification Model

Model description

This is a spoken language recognition model trained o € VoxLingualO7 dataset using
SpeechBrain. The model uses the ECAPA-TDNN architecture that has previously been used for
speaker recognition. However, it uses more fully connected hidden layers after the embedding
and cross-entropy loss was used for training. We observed that this improved the performance of

extracted utterance embeddings for downstream tasl

The system is trained with recordings sampled at 16kH g nnel). The code will
automatically normalize your audio (i.e., resampling + mone channel ction) when calling

if needed.

languag
Bulgarian, Bengali, Tibetan, Breton, Bosi
Greek, English, Esperanto, Spanish, Estonian, Basque, Persian, Finnish, Faroe
Guarani, Gujarati, Manx, Haus; ian, Hindi, Croatian, Haitian, Hungarian,
Interlingua, Indone: elandic, Italian, Hebre , Javanese, G
Khmer, Kannada, Korean, Latin, Luxembourgish, Lingala, Lao, Lithuanian, Latvi
Macedonial ayalam, Mongoli Marathi, Malay, Maltese, Burm Nepali, D g
shto, Portugu: Remanian, ian, Sanskrit,
Albanian, Serbian, Sundan
, Tatar, Ukrainian, Urdu, Uzl

Vietname:

Intended uses & limitations

The model ha

use "as is' for spoken language recognition

use as an utterance-level feature (embeddin ctor, for creating a dedicated language ID

model on your own data

The model i 1ed on automatically colle uTube data. For more information about the

- https://github.com/speechbrain/speechbrain

https://huggingface.co/speechbrain/lang-id-voxlingual07-ecapa



https://huggingface.co/speechbrain/lang-id-voxlingua107-ecapa
https://github.com/speechbrain/speechbrain
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Reconocimiento Automatico del Habla (ASR):

* Transforma un documento audiovisual en algo CONSULTABLE

ext-token prediction
( CIE The quick
Encoder Block T
Encoder Block — Decoder Block
EEEE— Decoder Block
c
Encoder Block 2
C
2
©
@
Encoder Block o
T Ol Decoder Block
@ Sinusoidal
|||||||||||||||||| ~————> Decoder Block

/ 2x ConviD + GELU \ eeeeeee ( | )
Positional Encoding
SOT El




Componentes de un Sistema de RAH

= MODELO ACUSTICO

" Describe las caracteristicas de cada unidad desde el punto de
vista de la senal de voz (espectralmente)

= MODELO DE LENGUAIE

= Describe las relaciones entre palabras del vocabulario
" Cuantifica la probabilidad de las secuencias de palabras

= MODELO LEXICO

= Describe como se forma cada palabra del vocabulario a partir
de las diferentes unidades del modelo acustico.



Errores en un Sistema de RAH

= Borrados
= El locutor dice algo pero el sistema no devuelve nada
= Substituciones
= El sistema devuelve a su salida una palabra diferente de |la pronunciada
por el locutor.
" Inserciones
= El locutor no dice nada, pero el sistema devuelve alguna palabra
(generalmente debido a artefactos acusticos)



Errores en un Sistema de RAH

= Métricas de Precision y Error:

REF: a las tres y siete minutos de manana
HYP: alas tres diecisiete minutos de la manana
CORRECTO (C)
ERRORES:
Substitutiones (S), Borrados (B), Inserciones (l)
4 c )
% ACC = x 100
C+S+B+I
S+B+l
% WER = x 100

K C+5+B J




Prestaciones: Albayzin — Retos RTVE

....... TherSPEECH2018 [ e aln
aAa UnlverSIdad BARCELONANOVEMBER 21-23 s i "
ve lll Zaragoza R IHiii

WER Baseline WhisperX large-v3: 2024: 12,10 %



Diarizacion e Identificacion de hablantes -+
Reconocimiento Automatico del Habla:

D. Trump: Contenido de la intervencion 4 .... <Tcomienzo4> <Tfin4>

F. Merz: Contenido de la intervencion 5 ... <Tcomienzo5> <Tfin5>




e Herramienta O

pen-Source

* Whisper:

Whisper

Reconocimiento Automatico del Habla (ASR):

@ OpenAl

(1) README Commen Vaice 15 i FLEURS
Dutch JEE i Spanish X0 —
Spanish o - argev3 Ve o R - arge3
Korean 52 1 large-v2 Korean e large-v2
Italian 55 Portuguese a3 .
Wh. o = English o Whisper
Polish e
e
isper
Portuguese 5.9 Japanese 4.9] h .
B German Fx) isperisas
Polish 0
Russia s
Indonesian 72 s ! i
Mandarin (TW) 57 Fronch - proposed in the
it It iti [ i i i ! Swedish = Indonesian .
Whisper is a general-purpose speech recognition model. It is trained on a large dataset of diverse audio and is . - donesion M hours of labeled data, Whisper demonstrates a strong
also a multitasking model that can perform multilingual speech recognition, speech translation, and language English : Turkish e _
i TP Japanese Malay and domains in a zero-shot setting.
identification. French Swedish -
Romanian Mandarin
Cantonese (CN) Finnish
. Norwegian
Turkish
Approach o Romanin
Catalan Thal
Hungarian Vietnamese
”k Slovak
. Sequence-to-sequence learning _ S Arabic
Multitask training data (680k hours) EN T | 0.0 | The guickbrow - il Czech The spectrogram input uses 1
¥ ulgaria Croatian
Arabic
. ; | et & Greek
English transcription | Sertian serbian o token for C.
@ "Ask not what your country can do for - Macedonizn Danish >
Cantanese (HK) Bulgarian
7 Ask ot what your country can do for Latvian Hungarian
Slovenisn Filipino
Any-to-English speech translation 5 Hindi Bosnian
5 Galician Galician
$ "El rpido zorro marmén <alta sobre -~ Transiomar -] o Macedonian
Encoder Biocks H | Transtormar Danish onian
# The quick brown fox jumps over 2 Decoder Biocks Urdu
3 covar stonian
: - Slovenian
Non-English transcription Hebrew Tomil
& "OIG PI0l B2 UACIE LIFL T W8 -7 hrnish Latvian ) )
) S Azeraljont Azerbaijani model shows improved performance over a wide
0 LRLE Sinusoidal - Lithuanian Urau ) :
Pustonal () E— Estonian Lithuanian fe ed to Whis 2 etails e diffe
S neoding I e Nynoreh i eduction of errors compared to Whisper large-v2 . For more details on the different
: o _ _ _
& (background music playing) =" iy Punjabi Persian ailable, refer to the section Model details.
sor| en | 00 | The quik] -+ Afikaans Icelandic
. = Persian Kazakh
Tokons in Mulltask Training Fommat B Afrikaans R R .
. e et . Kannada Disclaimer: Content for this model card has par yritten by the ﬂ Hug, team, and
Marathi
Bengali 0 .
Nepali w07 ST'-““"“‘ partly copied and ted from the original model card.
elugu
Marathi 3|
Maori
" Language XX " Belarusian YEN]
Multitask training format (e Tt Tina-aligned transcriptien ot — /\m’.\‘:::y‘:
- 1 Armenian Js1 Belarusian
Swanil T .
LANGUNGE _y. TRaNSCRIBE —> 2001 p rtigkans b 0 oo | B0 Ly qiigag p 009 i — Sulerets
ks TRE:NW’GF 0 : — = = = Albanian 7‘57 BUI‘ . \‘
) e e B s e
1 SPEECH U g TMESTAMPS. ™ ot fokons. WER or CER (%) WER or CER (%)
Custorn vocatary |
promesi

toxt Smestamp
tokens

Text-only transerption
{atows dalasat-specilc fno-tuning)

A Transformer sequence-to-sequence model is trained on various speech processing tasks, including
multilingual speech recognition, speech translation, spoken language identification, and voice activity detection.
These tasks are jointly represented as a sequence of tokens to be predicted by the decader, allowing a single

https://github.com/openai/whisper
https://huggingface.co/openai/whisper-large-v3

model to replace many stages of a traditional speech-processing pipeline. The multitask training format uses a

set of special tokens that serve as task spex rs or classification targets.

Speech™Brain



https://github.com/openai/whisper
https://huggingface.co/openai/whisper-large-v3

Reconocimiento Automatico del Habla (ASR):

* Herramienta Open-Source

* WhisperX: -
* Alineamiento Forzado (Forced
Alignment)

» Toma un texto ya transcrito y fuerza a

(1] README BSD-2-Clause license

COinCidir con I Usage @ (command line)
Wh sperX English

su audio, sonido a sonido e st et i o o s

Recall.ai - Meeting Transcription API visualise word timings in the .srt

If you're looking for a transcription API for meetings, consider checking out Recall Meeting Transcription whisperx path/to/audio.wav
API, an API that works with Zoom, Google Meet, Microsoft Teams, and more. Recall.ai diarizes by pulling the

Speaker data and separate audio streams from the meeting platforms, which means 100% accurate speaker Result using Whisper with forced allgnment to wav2vec2.0 large:
diarization with actual speaker names.

* Precision de palabra: e e s B

* Da el timestamp exacto de cada ‘
p W<
palabra. |

This repository provides fast automatic speech recognition (70x realtime with large-v2) with word-level Compare this to original whisper out the box, where many transcriptions are out of sync:
timestamps and speaker diarization.

. 1 sample_whisper_og.mov -
# Batched inference for 70x realtime transcription using whisper large-v2

. . . 7 .
[ ] o 5 "
l1arizacion integrada: e e o at " S
@ Accurate word-level timestamps using wav2vec? alignment
¥ Multispeaker ASR using speaker diarization from pyann o (speaker ID labels)

. .
. WhlsperX integra g2 oot e b gl o WER o o o e

. Whisper is an ASR model develope: y O) Al, trained on a large dataset of diverse audio. Whilst it does

anno t e au dl O produces highly accurate transcriptions, the corresponding timestamps are at the utterance-level, not per word,

. . and can be inaccurate by several seconds. OpenAl's whisper does not natively support batching.
o " " -~ N For increased timestamp accuracy, at the cost of higher gpu mem, use bigger models (bigger alignment model

. Phoneme-Based ASR A suite of models finetuned to recognise the smallest unit of speech distinguishing one
N not found to be that helpful, see paper) e.g.
Y rO Or C]_Ona . word from another, e.g. the element p in "tap". A popular example model is wav2vec?

. -
Forced Alignment refers to the process by which orthographic transcriptions are aligned to audio recordings to whisperx path/to/audio.wav —model large-v2 —align_model WAV2VEC2_ASR_LARGE _LV6OK_960H —bi [

automatically generate phone level segmentation. . ]

X
e Texto + I1empo Exacto + Vein Aty Dtaton (D) o dtactoncf e prserc o bsnce o hran e ot vt i st ot o o s fnoum . s e 3 —

- . . - . max_speakers 2 ):
Speaker Diarization is the process of partitioning an audio stream containing human speech into homogeneous

L4
Quién habla.

VGG https://github.com/m-bain/whisperX
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Tecnologias

Identificacion de
/ r Emociones

- . . pe s . . , _ 2 Universidad
¢Qué tiene la Inteligencia Artificial para mi Archivo? De la teoria a la practica ili Zaragoza




Identificacion de Emociones

- ;Para qué sirve?:

* Puede anadir informacion extra que enriquece el discurso de los
protagonistas de un contenido




El problema de los datos

e (Cantidad limitada de audio
 Emociones simuladas

* Pocos locutores

* Etiquetado subjetivo
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Identificacion de Emociones

Classify Layer
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Accuracy per emotion in the dev set for the system

60

Accuracy (%)
]

20 A

10 A

MNeutral Anger Sadness Happiness Surprise Fear Disgust  Contempt

* Diferencias grandes en cuanto a
precision entre emociones

 La diferencia en precision es
consecuente con los estudios
realizados en humanos y el
consenso del conjunto de datos.

Differences (%)

201

10 4

_10 -

_30 _

Differences in accuracy with respect of the mean accuracy per emotion

Il System accuracy W Dataset consensus I Human accuracy *

T T T T T T T T
Meutral Anger Sadness Happiness Surprise Fear Disgust Contempt




Restauracion de Audios

* Cambio de Paradigma: Sustractivo vs. Generativo

* Métodos Tradicionales:
* Eliminar las componentes del ruido manteniendo todo lo
posible las de la voz

* Métodos Actuales (Generativos):
* No solo se busca eliminar el ruido.
* Se aprende cOmo suena una voz humana perfecta y frente a
un audio danado, utiliza ese conocimiento para reconstruir
las componentes que faltan.



Restauracion de Audios

e Tareas:

* Denoising (Eliminacion de ruido):
 Eliminar siseos de cinta, zumbidos, trafico o viento, dejando la voz aislada.

* Dereverberation (Eliminacion de eco):
 Las grabaciones en iglesias, salas grandes o pasillos tienen un eco que hace
ininteligible el discurso.

 Bandwidth Extension (Extension de banda):
* Mejora de la calidad para tecnologias muy antiguas o audios telefonicos
(por ejemplo)



Restauracion de Audios

* Herramienta Open-Source

* Open VINO (Plugin para Audacity):

v3.7.1-R4.2

Note! This release is also compatible with the latest . This means if you are currently running
3.7.1 or 3.7.2 with these plugins installed, feel free to simply install 3.7.3 and you should be good to go! e

Download =

Download the Windows installer:

New Feature! Audio Super Resolution '+

« Upscales and enriches audio for improved clarity and detail.
o Documentation available
o Itis a port of this amazing project:

Other Changes since previous release:

= Updated OpenVINO™ to 2024.6.0

Compatibility ™.

A This plugin release is only compatible with
this version of Audacity installed!

64-bit Release for Windows -- so make sure you have

A\ If you've previously installed any of our 3.7.X, 3.6.X, or 3.5.X plugin releases,
the recommendation for upgrade is to not uninstall the previous version.
Instead, just download this version and models that you have not installed yet
(such as Super Resolution). This way, you won't need to re-download all of the
models again.

A Make sure to select an Audacity 3.7.1 location during installation. If you have multiple Audacity versions
installed, the installer may select the wrong location by default -- so be mindful of this, and manually adjust this
using the browse button if needed.

' Although we are only providing an installer for Windows right now, it can be compiled for Linux using

Get Al effects for Audacity

I8 Download for Windows  ~ ‘ Download for macOS  ~

The following effects are available:

Music separation
Separate a mono or stereo track into individual stems -- Drums, Bass, Vocals,
& Other Instruments.

Noise suppression

Reduce background noise in a recording. Works best on spoken word audio

Music generation and continuation
Uses MusicGen LLM to generate snippets of music, or to generate a
continuation of an existing snippet of music.

Whisper transcription

Transcribe audio to text using OpenAl's Whisper model. Tip: You can export
the resulting label track as a subtitle file via File < Export other & Export
labels.

Audio Super resolution

Increase the sampling rate of an audio signal - in other words, it upsamples
audio to improve its fidelity, clarity, or compatibility with high-resolution
standards. Useful for older 8kHz recordings, such as telephone calls.

intel

©penVIN® Al Plugins

https://github.com/intel/openvino-plugins-ai-audacity



https://github.com/intel/openvino-plugins-ai-audacity

Restauracion de Audios

PRUEBA DE CONCEPTO: Recuperacion cintas magnetofdnicas muerte de Franco

Restauracion grabaciones emision de radio en cintas magnetofdnicas afo 75
* Copias legales de emision de los distintos canales de RNE
» Grabaciones con ruido, principalmente por reutilizacion de las cintas (grabaciones
sin cabeza de borrado) R
* Ancho de banda muy limitado (<1,7kHz)

Sistema de

recuperacion y realze  |Emmmmd '<|’))
de la sefial de voz

Franco 4:58 https://www.rtve.es/play/audios/franco-458/

Javier Hernandez Bravo

'Franco 4:58' es un podcast que trata de reconstruir como fue y como se
conto la muerte de Franco en Radio Nacional de Espana. 50 afos después

: i (i de la muerte del dictador, la radio publica cuenta qué paso la madrugada del
et 20 de noviembre de 1975.



https://www.rtve.es/play/audios/franco-458/
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