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The habilitation thesis of Petr Červa contains research in the area of speech technology, 
conducted over a period of 10 years, in particular for automatic speech recognition (ASR). 
The work addresses a number of important issues that need to be solved in order to develop 
and deploy well-functioning, high performance speech recognition and speech transcription 
systems for practical, real-world settings.  The work is grouped in three main categories: 
 

1. Unsupervised speaker adaptation. Speaker adaptation is generally needed in order to 
better accommodate the high degree of variability among speakers, and thus 
improve accuracy of the ASR system. The adaptation should for practical reasons be 
unsupervised, i.e. to be performed without manual intervention. Two scenarios are 
addressed, an on-line scenario, where adaptation needs to be done instantaneously 
in order to satisfy real-time latency requirements, and an off-line scenario for 
transcription of large spoken archives, where a much more complex scheme can be 
constructed for utilizing all available information.  

2. Handling non-speech events. In a real-world setting, the audio will not only contain 
the clean speech signal. There will e.g., be background noise and simultaneous sound 
sources like music. The work in this thesis addresses two important issues in this 
problem area. The first is speech activity detection, i.e., identifying the segments in 
the audio stream that contain speech. This seemingly trivial task is far from simple, 
and the scenario addressed in the thesis is speech activity detection in streamed TV 
and radio. The second issue addressed is the recognition of speech contaminated by 
additive sound sources, in particular background music.  

3. Multilingual audio data. Two topics related to multilingually are addressed in the 
thesis: Adaptation of an ASR system to a new language, and how to handle 
multilingual audio input. Adapting an ASR system to a new language implies that all 
language dependent components need to be (re)trained. One of the most important 
components is the acoustic model, which requires large amounts of language specific 
audio for training. For many languages, there is a lack of language resources for this 
purpose, and in this thesis an approach for extracting data from open sources such as 
radio and TV recordings, parliamentary archives, etc. is proposed.  The second topic 
concerns a setting where the audio contains multiple languages. By identifying the 
language spoken and the change points, appropriate acoustic and language models 
can be applied to recognize what has been spoken, in the correct language. As for the 
work on speaker adaptation, the thesis addresses two different approaches for 
instantaneous and batch-mode language identification and proposes solutions for 
both cases. 

 
 
The 12 papers submitted with the thesis have been published in international journals and 
conference proceedings.  9 papers are conference papers. Interspeech and IEEE 
International Conference on Audio, Speech and Signal Processing (ICASSP) are the most 



prestigious conferences within this area. 5 papers are published at Interspeech (2 as first 
author) and 3 are published at ICASSP. The last conference paper was published at a smaller 
conference (Text, Speech and Dialogue – TSD), which is a peer reviewed conference with 
<50% acceptance rate. The 3 journal papers were published in Speech Communication, 
Computer Speech & Language and Radioengineering. Mr. Červa is the first author of the 
papers in Speech Communication and Computer Speech & Language, which both are among 
the top 3 journals covering the speech technology area.  
 
 
The thesis document significant contributions to all of three categories, which are valuable 
to the general scientific knowledge within the area as well as having had significant 
importance for the development of a current multilingual transcription system.  
 
The papers listed have been published in high quality publication channels, and document 
valuable methods, knowledge and results. It should be noted that even though the title of 
the habilitation thesis is Adaptation of speech recognition systems to selected real-world 
deployment conditions, it contains knowledge and methods that also have value at a more 
fundamental level.  
 
Conclusion: I find that the habilitation thesis of Petr Červa fulfils the requirements for 
habilitation and recommend it to be accepted.  
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