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1. Assignment complexity more demanding assignment
 The objectives of the thesis require detailed analysis of several signal processing blocks that can be done either

separately but also jointly. Since the author needs to consider both cases, I consider the overall difficulty as
"above the average".

2. Completeness of assignment requirements assignment fulfilled
 All objectives of the thesis were met. The author has shown capability to analyze the problem, understand the

"state of the art" techniques and run tests on selected databases. The multichanel character of the data makes
the entire speech recognition task more complex and more difficult compared to the single-channel case. The
author has succesfully implemented the entire front-to-end system and peformed analysis with valuable results.  

3. Length of technical report in usual extent
 
4. Presentation level of technical report 92 p. (A)
 The structure of the thesis follows the established practice expected from scientific documents. The chapters and

their content are chosen properly, their ordering is logical with more emphasis on the practical part of the
research work.

5. Formal aspects of technical report 96 p. (A)
 The lingustic level is excellent and I'd say exceptional :-) The author has clearly demonstrated his skills in writing

a high-quality scientific text. 
6. Literature usage 93 p. (A)
 When working with the literature, the author selected conference papers and monographies as the main source

of information. The "age" of publications ranges between 2007 - 2016 and, in my opinion, captures the "state-of-
the-art". The reader can clearly distinguish citations from author's own statements. 

7. Implementation results 91 p. (A)
 The author implemented his selected techniques in Matlab and used it as part of a larger speech recognition

system based on 3rd party tools and software. The author used both simulated and real data to make the system
robust and conclusions relevant for real-world applications and evaluations. It'd be only a bonus if the entire
system was implemented in some low-level language like C or C++ to make a "live" demo. This could be done
e.g. as part of his Ph.D. research.

8. Utilizability of results
 The author has clearly stated that he plans to re-use the results of this work in his future research and also in

evaluation challenges. 
9. Questions for defence
 1) Why is there such a bug difference when the background noise and reverberation are created "artificially"

compared to real recordings?2) The MVDR condition v_sd[h_n0] = 0 is very strong. Would it help if the speech
distortion was only minimized instead of removed completely?3) What is the largest delay (angle) that MVDR can
efficiently deal with?4) How did you select the best channel of your reference (single-channel) system?5) Would it
improve the overall efficiency if unvoiced frames were also excluded from the input signal?6) What is the
objective function of the weights-estimating DNN?

10. Total assessment 96 p. excellent (A)
 This is one of the best theses I ever read :-)
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