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Motivation

● Early TTS systems were relying on simple, 
concatenated sound bites, resulting in unnatural 
speech patterns

● The introduction of deep learning has 
revolutionized TTS like WaveNet, Tacotron etc.

● Recently Diffusion Probabilistic Models (DPMs) 
showed human like waveform reconstructions: 
WaveGrad, DiffWave

Quality Data Quality Output

Quality of these models highly depends on the 
dataset used for the training



High-Quality Data is Crucial for Voice-Based Technologies

● Quality vs  Quantity:  Data-centric approaches 
proved that quality is as important as quantity of 
the data in ML Training

● TTS models naturally ask for a nuanced 
representation of sounds/phonemes for  different 
languages

● Collecting high quality data is costly and need to 
be automated

● Quality Assurance with human in the loop 

Solution: An end-to-end approach for dataset 
generation is needed



Solution

● A novel approach for sample selection that diversifies language specific phoneme 
distribution, thereby enhancing the linguistic richness of the dataset.

● An automated recording process that minimizes human intervention, increasing efficiency 
and enabling the speakers to focus on the voice performance.

● Quality assurance mechanisms powered by ASR models are integrated into the system to 
validate the recording accuracy and quality.

● Preprocessing functionalities that prepare the recordings for subsequent model training.



Components:
• Text Preprocessing and Cleaning
• Sample Selection
• Recording Automation
• Quality Assurance

Data: 
● OPUS corpus (available at https://opus.nlpl.eu)
● Languages: German, Spanish, Italian, English, 

French
● Dataset Collected: 30 hours in each language

Methodology: High-level Overview of the Proposed System
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Methodology: Sample Selection

A comprehensive representation of phonemes 
across different languages is crucial for 
producing natural and accurate speech in TTS 
systems.

• Cleaned and preprocessed Opus dataset 
into sentences

• Monophones, Diphones, and Triphones 
distributions generated for each language

• Prioritized sentence to meet language 
specific distributions 

• Selected N number of sentences based on 
user constraints like:
– Sentence type
– Sentence Length
– Allowed Characters



• Each sentence is assigned to a unique 
identifier

• Recording done by  voice-actors with their 
preferred tools

Procedure:
- A single file should have a maximum of 

500 sentences.
- File name should include start and end 

index of sentences
- A minimum of 2 seconds should be 

maintained between each sentence. 
- In case of errors, the voice actor can 

re-read a sentence (as many times as 
(s)he likes), with the condition that the last 
iteration is correct.

Audio Requirements:

Preparing Recordings



Workflow of the System



Recording Automation

Sentence ID

Long 
Recording

1 2 3 4 5 6

Voice Activity 
Detection (VAD) ASR

Segments

Matching

Sentences

Utilizes WER & 
Sentence Lengths

Trim Silences
Uses a stricter 
version of VAD

Quality assured
recordings

Transcriptions

Format Corrected Audio



Annotator App
Annotate the recordings: verifying the audio 
matches sentence, post-editing the text, 
discarding recordings with specific problems

Admin App
Uploading recordings, dataset creation, 
monitoring annotations process, annotation 
task assignment

Recording Automation



Experiments and Results

Matching Efficiency for Different Files and Languages

- Over 94% matching accuracy
- Works for multiple languages
- Trimming silences matters for high quality data



Experiments and Results

Performance Details After Quality Control

- The percentage of discarded sentences are at negligible levels
- Percentage of post-edited samples are in between 1-4 %. Only Italian dataset is high 

because of the actress did not perform the script



- Ability to Recorde in the tool

- Automation of Annotation Process through Active Learning 

- Apply approach for more complex data types and formats

Leveraging unreferenced datasets like movies and videos with a referenceless ASR metric like 
NoRefER

Future Directions



Conclusion

● Recording processes for voice actors is  automated successfully by utilizing ASR, VAD and WER 
matching mechanism

● Demonstrated success in producing comprehensive and high-quality datasets across multiple 
languages.

● Modular design allow to meet diverse research needs
● Proposed method relies on high quality ASR models but with whisper like models that is a 

negligible dependency
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