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The thesis  aim is to propose, implement  and compare methods and algorithms for
restoration  of  audio  signals  corrupted  by clipping and quantization.  The proposed
methods  are  formulated  as  constrained  optimization  problems solved  by proximal
algorithms. The same optimization strategy is used throughout the thesis to perform
declipping, declipping with psychoacoustics, and dequantization.

The topic of the thesis is fully in the frame of the doctoral study program Electronics
and Communication Technologies, in which the thesis was submitted. The presented
work is current in the signal processing community, which is demonstrated by having
the  main  ideas  of  the  thesis  published  in  two  Q1  journal  publications  and  two
conference publications at the highly ranked signal-processing venue of ICASSP, in
all of which the PhD candidate is the first author. The thesis presents a considerable
amount  of  work that  further  pushes  the  state  of  the art.  In  my opinion,  the  chief
novelty of  the  presented  work lies  in  a unified  procedure to  compare declipping
methods.
      
The  thesis  is  in  the  form of  a  monograph  and  comprises  9  chapters.  Chapter  1
introduces  theoretical  aspects  of  the  sparsity-based  signal  processing  and
psychoacoustic principles. Chapter 2 formally defines declipping and dequatization
tasks and shows that both problems are very similar. A comprehensive state of the art
of audio restoration methods is given in Chapter 3. The thesis aims and objectives are
summarized  in  Chapter  4.  The  experimental  setup,  such  as  audio  dataset  and
evaluation metrics, are discussed in Chapter 5. The main part of the thesis is Chapter
6,  which  describes  and evaluates  in  detail  various  sparsity-based audio declipping
algorithms.  The  chapter  discusses  l0  and  l1  minimization,  synthesis  and  analysis
formulations, consistent and inconsistent methods, reweighted  l1 minimization and
social sparsity. It was difficult to discern numerous small candidate’s contributions
amid an overwhelming list  of methods and their  variations.  The thesis  would thus
benefit from having a summary of contribution of the main candidate’s publications.
Chapters 7 and 8 are devoted to incorporating psychoacoustics into declipping using

Mailing address:  Visiting address:  Telephon: Fax:
P.O.Box 18 Pod Vodárenskou věží 4 exchange (+420) 286890378
182 08 Praha 8,Czech Republic Praha 8 - Libeň (+420) 26605 3111 e-mail utia@utia.cas.cz

INSTITUTE OF INFORMATION THEORY AND AUTOMATION, v.v.i.
Pod Vodárenskou věží 4, 182 08  Praha 8, Czech Republic



reweighted l1 minimization and making inconsistent methods consistent by simple
postprocessing, respectively. Before thesis conclusion, an application of the proposed
algorithms to dequantization is introduced in Chapter 9.   
   
The thesis is well written without any noticeable typos and has excellent typography.
The notation is consistent, figure captions are adequate, all abbreviations are defined.
My only criticism is over some of the graphs, e.g. in Figs. 2.1(b), 2.13(b) and 8.1,
which show too many color lines over each other that can not be discriminated.
 
I have several topics for discussion during the viva voce examination:

- In Fig. 1.2, why the sound pressure level at 1kHz is not 0dB?
- Why the proposed audio dataset contains only musical  instruments? It would be
interesting to see how the methods perform on different audio clips, such as speech,
singing and complex music samples.
- I have several questions to Chapter 6.

-  What  stopping  criterion  was  used  in  the  algorithms?  For  example,  in
reweighted l1 minimization the stopping criterion is critical.
- What is the motivation for introducing problem (6.10) if it performs worse
then (6.4) in every aspect?
- Can we use the Chambolle-Pock (CP) algorithm also for the synthesis case? I
think the answer is yes, since if L=I in (1.27) then CP is equivalent to the
Douglas-Rachford (DR) algorithm. Can the difference between the analysis
and synthesis variant be caused by using two different algorithms? Have you
tried to apply the CP algorithm to the synthesis case and compare it with the
performance of the DR algorithm?
- The performance boost of social sparsity is very interesting. I have plotted
the thresholding function of Empirical  Wiener  (6.30c)  and observed that  it
resembles  proximal  operators  of  lp-norms  for  .  In  image
processing,  such lp-norms  are  frequently  used,  as  they  enforce  sparsity  of
image gradients that well matches the apriori heavy-tailed distribution.  Is it
possible that something similar occurs also in audio?
- In the consistent l0 approximation (Sec. 6.6), why the second constraint in
(6.31a) and (6.31b) is defined as inequality? When the ADMM algorithm is
used, I think that the constraint is defined as Ax=z and x =Dz, respectively.

- Results in Chapter 7 clearly show that parabola-based weights outperform ATH and
GMT-based weights by a wide margin. Parabola-based weights are almost in inverse
proportion to the ATH and GMT-based weights. What is then wrong in the motivation
behind the use of ATH and GMT-based weights?            
 
I  am fully  confident  that  Ing.  Pavel Záviška has  demonstrated  excellent  scientific
skills  to  conduct  fundamental  and applied  research.  His  results  were  presented  in
several prestigious international media, which gives his scientific work a potential for
wide dissemination.  I therefore recommend the thesis for the award of PhD degree.

Doc. Ing. Filip Šroubek, Ph.D., DSc.


