
LEARNING MODULE DESCRIPTION 
 
GENERAL INFORMATION 
1. Module title: Active methods of noise reduction  
2. USOS code: 04-S2AKas02-P07061   
3. Term: winter 
4. Duration:10 h  
5. ECTS: 1   
6. Module lecturer:  Assoc. Prof. dr. (hab.) Jedrzej Kociński 
7. E-mail: jedrzej.kocinski@amu.edu.pl    
8. Language: English  

 
DETAILED INFORMATION 

 
1. Module aim (aims) 

This module aims to explore novel techniques in noise reduction, with a focus on digital signal 
processing. Students will gain an understanding of both classical and modern approaches, starting 
with single-sensor methods like spectral subtraction. The course will then progress to advanced 
multi-sensor techniques, including spatial filtering (beamforming), blind source separation, and 
cutting-edge methods utilizing machine learning. Through theoretical discussions and practical 
applications, students will develop the skills needed to address real-world challenges in noise 
reduction. 
 

2. Pre-requisites in terms of knowledge, skills and social competences (where relevant) 
Signal processing methods (Fourier transform, impulse response, analog-to-digital conversion, 
etc.), mathematical methods (differentiation, integration, basics of statistics). 
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SYLLABUS: 
Week 1:  Methods for Improving a Signal-to-Noise Ratio (SNR)  
Week 2:  "Classical" Noise Reduction (denoising) part 1  
Week 3: "Classical" Noise Reduction (denoising) part 2 
Week 4:  Beamforming and Blind Source Separation 
Week 5:  Machine Learning and AI in signal processing, noise reduction and signal detection 
 


