Prototyp software ,Webovy pfehravac audiovizualnich zaznam(“, se sklada z:

e navigacéni stranky, kterou tvofi komponenty:

(e]

o

Navigace a globalni vyhledavaci pole. (viz pfiloha 1, obrazek 1 - A)
Seznam kategorii a jednotlivych zaznamd v kategorii. (viz pfiloha 1,
obrazek 1 - B)

e globalni vyhledavaci stranky, kterou tvofi komponenty:

o

o

Navigace a globalni vyhledavaci pole. (viz pfiloha 1, obrazek 2 - A)

Seznam nalezenych dokumentu na zakladé vlozeného klic¢ového slova. (viz
pfiloha 1, obrazek 2 — B)

Vyskyty vioZzeného kli¢ového slova ve zvoleném zaznamu. (viz pfiloha 1,
obrazek 2 - C)

Pfehravac videa - pouziva se komercni prehrava¢ JW Player™ od spole€nosti
LongTail Video. FIT ma zakoupenu komeréni licenci. (viz pfiloha 1,
obrazek 2 - D)

e stranky pfehravace audiovizualniho zaznamu, kterou tvofi komponenty:

(e]

o

e vyhledavaciho jadra - postaveno na vyhledavacim stroji Apache Lucene

Navigace a globalni vyhledavaci pole. (viz pfiloha 1, obrazek 3 - A)

Nazev audiovizualniho zaznamu, jméno autorl a abstrakt. (viz pfiloha 1,
obrazek 3 - B)

Prehravac videa - pouziva se komeréni prehrava¢ JW Player™ od spole¢nosti
LongTail Video. FIT ma zakoupenu komeréni licenci. (viz pfiloha 1,
obrazek 3 - C)

Prohlize¢ synchronizovanych slajdd v podobé& obrazovych nahledu
jednotlivych slajdd a seznamu slajdu. (viz pfiloha 1, obrazek 3 - D)
Vyhledavani v daném audiovizualnim zédznamu. (viz pfiloha 1, obrazek 3 - E)
Synchronizovany textovy pfepis. (viz pfiloha 1, obrazek 3 - F)

Doprovodné informace o audiovizualnim zaznamu. (viz pfiloha 1,
obrazek 3 - G)

™

(dostupny pod Apache licenci, ktera umoziuje pouziti softwaru pro komeréni
ucely)

e grafiky a CSS stylu

e navrhu databaze

ez PHP skriptd a JavaScript souborti
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The 36th International Conference on Acoustics, Speech and Signal Processing took place at the

Prague Congress Centre (PCC), May 22-27, 2011. The ICASSP meeting is the world's largest and
most comprehensive technical conference focused on signal processing and its applications.

Website: http:/fwwwicassp2011.com
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Speech Enhancement

Full Paper at IEEE Xplore

Presented by: Thomas Esch , Author(s). Thomas Esch, Peter Vary, RWTH Aachen University, Germany

This contribution presents a modified Kalman filter approach for single channel speech enhancement which is operating in the frequency domain. In the first step,
temporal correlation of successive frames is exploited yielding estimates of the current speech and noise DFT coefficients. This first prediction is updated in the
second step applying an SNR dependent MMSE estimator which is adapted to the (measured) statistics of the speech prediction error signal. Objective
measurements show consistent improvements compared to estimators which do not take into account the temporal correlation or the influence of the input SMNR on
the statistics of the prediction errar signal,
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