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1 Introduction 
 

This configuration manual is related to the project ‘Integrating audio and text data with deep 

learning to detect depression’. The report contains the information about the system 

configuration, the site to request access and download the dataset, the steps carried out for 

preprocessing and the implementation of deep learning models. The report also contains 

some high-level information of the dataset. 

 

2 System Configuration 
 

Jupyter notebook IDE is installed in the local machine is used for the development, 

preprocessing, model building and training, and evaluation for this project. 

2.1 Hardware 

A 64-bit windows 11 operating system machine is used in this project. It has 16 GB of RAM 

and requires minimum 100GB of storage to place the audio files of the participants. The 

processor in the machine is Intel i5-12500H with an integrated Intel Iris Xe graphics which is 

used to train the deep learning models. 

2.2 Software 

A local instance of 64-Bit Anaconda navigator 2.6.0 is installed to access Jupyter notebook 

for the development of the learning models. 

 

Python 3.12.4 is the programming language used to connect with the dataset and to build the 

models. 

2.3 Python packages used 

The modules and libraries used for the development of deep learning models are  

 

Data Manipulation   : Numpy 1.26.4 and Pandas 2.2.2 

Data Preprocessing and Evaluation : Scikit- learn 1.4.2 

Deep learning    : tensorflow 2.17.0 and pytorch 

Modelling    : Keras 3.4.1, keras-tuner 1.4.7 

Visualization    : Seaborn 0.13.2, Matplotlib 3.8.4 

Storing large datasets   : h5py 3.11.0 

Data Manipulation in transcript : Spacy 3.7.5 

Natural language processing  : nltk 3.8.1 (Natural language toolkit) 

Data Imbalance   : imblearn 0.12.3 for performing SMOTE 

Metrics    : Scikit- learn 1.4.2 

Audio file manipulation  : pyAudioAnalysis 0.3.14 

Audio file creation   : scipy 1.12.0 
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Reading and writing audio file : wave 1.5.0 

Audio Analysis   : librosa 0.10.2  

Ensemble models   : Scikit- learn 1.4.2 for Gradient boosting  

  

3 Dataset 
 

The dataset used for in this research is Distress Analysis Interview Corpus (DAIC-WOZ) 

containing clinical interviews to support the diagnosis of psychological distress conditions 

such as anxiety, depression and post-traumatic stress disorder (PTSD). To gain access to the 

dataset, submit a non-disclosure agreement in the website from an academic e-mail address.  

 

 
 

Figure 1: Dataset request form DAIC WOZ. 

 

 

The dataset contains 189 recording of the participants in the clinical study and has the 

transcript file and audio and video features extracted from the participant’s recording. 

 

To download the complete dataset that is used for this research project,follow the 

steps outlined in the Jupyter notebook that is accessible at the URL. Due to space constraint 

in Moodle, the complete dataset and code artefact is available in this OneDrive URL and it is 

accessible by users from National College of Ireland. 

 

 
 

Figure 2: Full Dataset available in the URL. 
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Figure 3: Files from the dataset used for the analysis. 

 

For this research, the highlighted files xxx_AUDIO and xxx_TRANSCRIPT is picked from 

all the participant’s recordings and features are extracted from these files for deep learning 

(Figure 3). 

 

 
 

Figure 4: Files for splitting the dataset into train and test. 

 

The dataset is split into train and test based on the files train_split_Depression_AVEC2017 

and dev_split_Depression_AVEC2017 respectively (Figure 4).  The individual files contain 

107 and 35 records respectively where 107 participant’s features is used for the training of 

the model and 35 participant’s features is used for the testing of the model. 

 

 

GloVe – Global Vector for word representation is used for the natural language processing 

and the file “glove.840B.300d” is downloaded from the Glove website and placed in the root 

directory where the Jupyter notebook runs (Figure 5).  
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Figure 5: URL to download GloVe pre-trained word vectors. 

 

 

The audio and the transcript file are placed inside train and test folders respectively based on 

the train -test split file and these 2 folders are placed inside “wavFiles” and “Transcript” 

folders respectively in the root. 

 

4 Preprocessing 
 

The preprocessing steps contains the steps involved in extracting the features the raw file and 

transformed into Numpy arrays to feed into the deep learning models for binary classification 

of the depressive state. This section contains the highlights on the pre-processing followed in 

this research. 

4.1 Transcript processing 

 

The preprocessing steps followed in the transcript file are the removal of punctuations, 

removal of stopwords, removal of most frequently used words. In this dataset “um” and “uh” 

are used predominantly by the participants and it is removed from the dataset. 

 
 

Figure 6: Pre-processing of transcript files-1. 
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Figure 7: Pre-processing of transcript files 2. 
 

Lemmatization of the text data is done using the spacy library by loading the 

“en_core_web_sm” English language model that contains components for tokenization, part-

of-speech tagging,named entity recognition, etc. Lemmas are extracted and the original 

dataset is updated.  
 

The file from the GloVe website is loaded into the Python notebook file and is used to train 

the dataset with the pre-trained GloVe model and the embedded matrix generated at the final 

step is used directly in machine learning models providing meaningful word representations 

that improve the performance of NLP tasks (Figure 8). 

 
 

Figure 8: GloVe toolkit to generate embedding matrix. 
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4.2 Audio processing 

The key pre-processing step performed is the removal of Silence from the raw audio file for 

effective features only extracted in the further steps of modelling. Here remove_silence, 

is_segmentable and concatenate_segments functions were defined to process individual files, 

create segments from a file, remove the silence part and concatenate the segments to a single 

file with the name xx_no_silence_wav (Figure 9).  

 

 
 
 

Figure 9: Functions defined for Pre-processing Audio files. 
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Note: While running the python notebook file, please replace the dir_name and out_dir to 

your corresponding root folder locations as this part is hardcoded and it needs to be updated 

to replicate the process (Figure 10). 

 
 

Figure 10: Directory Rename for replicating the results. 

 

5 Feature Extraction 
This section covers the individual features extracted from the transcript and audio files. The 

transcript file is pre-processed and is ready to feed into deep learning models for training and 

validation. Here only the feature extraction from the audio file is discussed.  
 

 
 

Figure 11: Feature extraction for Audio files. 
 
 

From the pre-processed audio file extract_features_librosa, extract_chroma_features, 

extract_melfrequency are defined to read the file by loading the wav file using librosa module 

and extracting the required features MFCCs, Chroma features and Mel-frequency from these 

files (Figure 11).  

 

These features are extracted and stored into csv files named librosa_mfcc_feature_train and 

librosa_mfcc_feature_test  
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6 Deep learning models 
 

This section covers the deep learning models identified for the training and evaluation of the 

text and audio modality.  

6.1 Bi-GRU Model for transcript 

 

 
 

Figure 12: Implementation of Bi-GRU. 

   

The above image contains the implementation of Bidirectional Gated Recurrent Unit where 

the synthetic samples are generated for the training dataset using SMOTE and is fed into the 

model for training. 5-fold cross validation is used during the training and the model having 

highest accuracy during the training is used as the best model for further analysis.  
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Figure 13: Compilation of Bi-GRU and Metrics evaluation. 

 

 

Adam optimizer is used during the compilation of the model and the model is trained with 20 

epochs for each fold.  

6.2 Bi-LSTM Model for transcript 

 

A similar implementation of the bidirectional Long Short-term memory (Bi-LSTM) is present 

in the image for training the transcript file. 5-fold cross validation and SMOTE is similarly 

used to find the model with highest accuracy and to nullify the imbalance in the dataset 

respectively.  



10 
 

 

 

 
 

Figure 14: Implementation of Bi-LSTM. 
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6.3 CNN Model for Audio 

 
 

Figure 15: Reshaping of features for CNN. 

 

 

The Convolutional Neural Network model is identified for modelling and training of the 

audio features extracted from the raw wav files. The individual files 

librosa_mfcc_feature_train and librosa_mfcc_feature_test are loaded from the csv file and is 

loaded the string file to a numpy array for modelling. The indivual features are extracted from 

the indivdual array for each feature type and is reshaped to fit into the CNN model. The data 

is flattened to apply SMOTE and generate synthetic samples to balance the minority class in 

the dataset.  
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Figure 16: Implementation of CNN. 

 

A custom class CNNHyperModel is defined for performing the hyperparameter tuning of the 

proposed CNN model using keras tuner. The shape of the input layer is defined and each of 

the features are modelled as a separate branch in the CNN and three branches for MFCC, 

Chroma and Mel-frequency is designed. The layers are then concatenated, and the model is 

compiled using Adam optimizer.   
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Figure 17: Hyperparameter tuning for CNN. 

 

Hyperparameter tuning using randomsearch is used to find the optimal hyparameters for this 

multi-input CNN model. A maximum of 10 trials is used and the criteria for the tuning is to 

have the maximum accuracy during training of the model. The best model is identified and is 

used further.  

6.4 Meta-learner for a stacking ensemble  

 

 
 

Figure 18: Stacking Ensemble using gradient Boosting. 
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The individual predictions from the model is obtained and the output is stacked as a feature 

for the meta-learner. A Gradient Boosting classifier is used for the meta-learner and the final 

prediction is performed for the dataset.  

 

 

 

 
 

Figure 19: Evaluation metrics for the ensemble classifier 

 

Figure 19 contains the final prediction of the overall model with results including Accuracy, 

confusion matrix and classification report.  

 

This approach improves the performance of the classification by leveraging the strengths of 

multiple model and making the final binary classification more robust.  
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