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1 Introduction 
Maintaining mental well-being is a critical challenge in today’s fast-paced world. Traditional 
mental health assessments rely on discrete, single-modality observations—often audio-based 
surveys, video-based analyses, or text-based self-reports. These isolated approaches can miss 
complementary physiological and behavioral cues, lack real-time responsiveness, and offer 
limited explainability. 
 
Our Real-Time Multimodal AI pipeline addresses these gaps by concurrently analyzing: 

 Facial expressions via a fine-tuned EfficientNet-B0 model on the MELD dataset 
 Speech emotion through CNN–BiLSTM with self-attention on RAVDESS 
 Text sentiment from Whisper transcriptions processed by TextBlob 
 Fatigue levels via blink detection using MediaPipe FaceMesh 

 
This setup manual provides comprehensive instructions to replicate the Real-Time 
Multimodal AI system for continuous mental health monitoring. The manual details all 
hardware and software requirements, installation procedures, dataset preparation, model 
training, and deployment steps necessary to run the complete multimodal pipeline that 
combines facial emotion recognition, speech emotion detection, text sentiment analysis, and 
fatigue monitoring through blink detection. 
 

2 Hardware and Software Requirements 
Core Software: 
 
Python: 3.9.16 or 3.10.x 
CUDA Toolkit: 11.8 or 12.1 (for GPU acceleration) 
Google Colab pro  
 
Python packages: 

 numpy==1.26.4 
 pandas==2.2.2 
 scikit-learn==1.6.1 
 joblib==1.5.1 
 librosa==0.11.0 
 soundfile==0.13.1 
 ffmpeg-python (via system) 
 moviepy==2.2.1 
 imageio==2.37.0 
 imageio-ffmpeg==0.6.0 
 opencv-python-headless==4.11.0.86 
 mtcnn==1.0.0 
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 mediapipe==0.10.21 
 torch==2.6.0+cpu 
 torchvision==0.21.0+cpu 
 timm==1.0.19 
 torchaudio (CPU) matching torch version 
 tensorflow==2.19.0 
 openai-whisper==2025.7.0 
 transformers==4.35.0 
 textblob==0.19.0 
 tqdm==4.67.1 
 pillow==11.3.0 
 PyDub==0.25.1 (for audio I/O) 
 moviepy dependencies (decorator, python-dotenv, proglog) at compatible versions 

 

3  Installation & Environment Setup 
The  most important of the datasets are stored in drive  
 
 
from google.colab import drive 
drive.mount('/content/drive') 
PROJECT_ROOT = '/content/drive/MyDrive/Project 

  
 

4 Data Preprocessing: 
 
Facial Data Extraction (MELD): 

 Read each split’s CSV 
(train_sent_emo.csv, dev_sent_emo.csv, test_sent_emo.csv). 

 For every row, construct the video filename 
(dia{Dialogue_ID}_utt{Utterance_ID}.mp4) and locate it 
under …/data/MELD/{split}extract/. 

 Capture the first frame via OpenCV, run MTCNN face detection, and crop the 
bounding box. 

 Resize crop to 224×224, save as {split}_{Sr 
No.}.jpg under …/data/MELD/faces/, and record metadata 
(img, emotion, dialogue_id, utterance_id) into {split}.json. 

 Reorganize Face Crops: 
 Create 

directories data/{train,dev,test}/{anger,disgust,fear,joy,neutral,sadness,surprise}. 
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 Load each split’s JSON metadata, copy matching face images into their 
respective split/emotion folders. 

 
Audio Feature Extraction (RAVDESS): 

 Recursively find all .wav files under data/RAVDESS/Actor_*. 
 For each file, load at 16 kHz, iterate 4.32 s windows with 50% overlap. 
 For every window: compute features—40 MFCCs + first/second deltas, spectral 

centroid, rolloff, bandwidth, tempo, RMS energy, zero‐crossing rate—stack into 
a fixed-size 9×173 matrix, save as .npy. 

 Extract emotion label from filename pattern, append {"file":..., 
"emotion":...} to processed/meta.json. 

 Train/Validation Split for Audio: 
 Load processed/meta.json into a Pandas DataFrame. 
 Use StratifiedShuffleSplit(test_size=0.2) on the emotion column to split into train 

and val sets. 
 Save train.json and val.json manifests for downstream ingestion. 

 
 

 
 
 

 
5 Model Training Pipeline 
Face Emotion Module: fine-tuned EfficientNet-B0 (timm pretrained) on 224×224 MTCNN-
cropped face images from MELD; 7-way softmax, class-weighted CrossEntropyLoss with 
label smoothing, AdamW optimizer, CosineAnnealingLR schedule over 25 epochs. 
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Speech Emotion Module: 1D CNN on stacked MFCC + delta + spectral features (9×173), 
trained on RAVDESS audio windows; softmax over 8 classes, categorical cross-entropy loss, 
Adam optimizer. 

 
Sentiment Module: TextBlob polarity classifier on Whisper transcripts. 
 
Fatigue Module: Mediapipe Face Mesh EAR detector with thresholding (EAR < 0.25 over ≥3 
frames) to compute blink rate and duration; rule-based state mapping. 
The late‐fusion module computes a unified risk score by weighting each modality’s 
confidence or state score and averaging: 

 Inputs 
– Face emotion confidence (1 − softmax_max) 
– Speech emotion confidence (1 − softmax_max) 
– Sentiment polarity (absolute TextBlob polarity) 
– Fatigue state score (rule‐mapped blink rate → [0.1–0.9]) 
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 Weights 
– face: 0.3 
– speech: 0.3 
– sentiment: 0.2 
– fatigue: 0.2 

 Scoring 
fusion_score = (face_score0.3 + speech_score0.3 + sentiment_score0.2 + 
fatigue_score0.2) 

 Category 
– ≥0.6 → HIGH risk 
– 0.3–0.6 → MEDIUM risk 
– <0.3 → LOW risk 

 
 

6 Troubleshooting & Performance 
Mostly the errors arise with conflicting versions of numpy and moviepy specifically for the 
moviepy.editor we need an exact version of moviepy which is moviepy==1.0.3. 
 

7 How to run 
 
First, download and extract the MELD multimodal dataset from the official website, then run 
face_extract_fixed.py to crop and save all face images and reorganize them by emotion with 
reorganize_faces.py; next, download and unpack the RAVDESS speech dataset from Kaggle, 
perform cleaning and exploratory data analysis (e.g., class distributions, audio waveforms, 
spectrograms), then train a 1D-CNN on MFCC and spectral features to produce 
emotion_model.keras and its LabelEncoder. Separately, fine-tune an EfficientNet B0 model 
on the extracted MELD face images to generate a TorchScript file meld_emotion.pt, and 
implement a MediaPipe-based blink detector to compute real-time blink rate and fatigue 
state. Use OpenAI’s Whisper model to transcribe video audio and TextBlob for sentiment 
polarity. Finally, execute Merger.ipynb to load all pretrained weights, extract and fuse face 
emotion, speech emotion, transcript, sentiment, and blink-based fatigue metrics on any input 
video, producing a unified JSON report and visualizations. 
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