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TRIAL DOLBY ATMOS 3D SOUND BROADCASTING  
USING E-AC3 AND AC-4 ENCODING SYSTEMS  

Andrzej Białczyk 
Telewizja Polska SA, Warszawa 

 

Telewizja Polska S.A. is one of the biggest public broadcaster in Europe. TVP is producing pro-
grammes and broadcasting 13 channels, five of them is broadcasted in High Definition and one UHD 
- TVP 4K. Since 2003 TVP is simultaneously broadcasting stereo and 5.1 - both two dimensional 
sound. Recently with UHD technology NGA (New Generation Audio) is recommended.  NGA 
extends the possibilities to broadcast 3D sound format that is able to reproduce sound impressions 
that are much closer to natural sound than the 5.1 multichannel audio format used in current digital 
broadcasts. NGA Systems introduce a number of new concepts and techniques, including the capabi-
lity to provide Immersive Audio with the addition of height elements, the capability to provide per-
sonalization options to broadcasters and consumers especially using Audio Objects. In June 2018 
first transmission with 3D Dolby Atmos sound was produced and broadcasted live in TVP 1 HD in 
DVB-T. 3D sound was encoded using DD+JOC (Joint Object Coding) encoder. In July simulated 
live transmission with Dolby Atmos audio in DVB-T (off air) was realized using AC-4 encoding 
system. During second tests User Personalization was applied. In paper both test transmissions are 
presented. 

POMIAR PARAMETRÓW AKUSTYCZNYCH  
NAGRAŃ DŹWIĘKOWYCH  

W ZALEŻNOŚCI OD RODZAJU NOŚNIKA 

Przemysław PLASKOTA, Małgorzata GAWLIŃSKA 
Politechnika Wrocławska  

 

 
W pracy przedstawiono porównanie wartości parametrów akustycznych związanych z głośnością 

nagrań dźwiękowych zapisanych na różnych nośnikach i sprawdzono, czy powszechnie panująca opi-
nia odnośnie zwiększającej się głośności utworów jest prawdziwa. Celem pracy jest pomiar parame-
trów akustycznych nagrań dźwiękowych w zależności od rodzaju nośnika oraz analiza otrzymanych 
wyników. Zmierzono wartości następujących parametrów: rzeczywistego poziomu szczytowego TPL 
(True Peak Level), głośności wyrażonej w jednostce LUFS, wartości skutecznej oraz zakresu dynami-
ki DR (Dynamic Range). Do analizy wykorzystano utwory muzyczne zapisane na płycie analogowej, 
płycie CD oraz pochodzące z trzech różnych serwisów internetowych (streaming). 
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THE CHANGE OF A DEPTH IMPRESSION OF RECORDING  
WITH THE USE OF GATED REVERBERATION 

Sylwia PRYGOŃ,  Maurycy KIN., Przemysław PLASKOTA  
Politechnika Wrocławska  

 

The idea of  gated reverberation as well as its processing methods and application to the creation of 
perspective of musical recordings are presented in the paper. The listening examination was done for 
three sources: guitar, alto saxophone and female singing. These sources had been recorded in three 
places with different acoustical conditions and then recordings have been evaluated by the listeners. It 
turned out that for all sources and all environments the set-ups of parameters, particularly the threshold 
values, should be different to obtain a good optimal sound quality as well as a particular impression of 
the depth impression of recording.  
Keywords: recording, reverberation, processing of dynamics 
 
 
 

THE INFLUENCE OF SOUND TRACK ON THE VIEWER’S EMOTIONS 
AND CORRECTION OF THE COLOR IN THE FILM 

Dawid WEBER, Bożena KOSTEK 
Politechnika Gdańska 

 

The article presents the aspects of the final selection of colors in film production based on the emo-
tions caused by the soundtrack of the film. First, the processing of colors, contrast, saturation and whi-
te balance of shots in the film was presented. The definition of color grading is also described, i.e. the 
color changes in the film's views. In the second part of the article, the soundtracks of the film were 
analyzed, in particular film music and interpreted in terms of stimulating appropriate emotions while 
watching the film, which were compared with the final color scheme of the film. An attempt was made 
to define objective measures of the color of the shot, as well as the methodology of examining the 
mood in the soundtrack to automatically detect the emotions contained therein. The last point of the 
work was a pilot subjective test, in which the participants of the test were to determine the so-
undtrack's match to the color of the shot.  
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SPEECH SYNTHESIS WITH EMOTION EMPLOYING  
NEURAL NETWORKS 

Szymon ZAPOROWSKI, Bożena KOSTEK 
Politechnika Gdańska 

 

The following paper presents the analysis of solutions for the recognition of emotions based on 
speech and the possibility of their use in the synthesis of speech with emotion, using neural networks 
for this purpose. Current solutions regarding the recognition of emotions in speech and methods of 
speech synthesis using neural networks have been presented. At present, there is a significant increa-
se in the interest and use of deep learning in the applications related to speech signal processing. 
However, it has not been possible to perfectly match the emotions in the human voice using these 
methods. Authors, reviewing available technologies, suggest possible solutions to this problem. The 
proposed solutions include the use of reinforced learning or the application of emotional contours 
extruded from previously recorded statements to neutral expressions. 

 
 

3D PRINTED ACOUSTIC DIFFUSER 

Szymon ZAPOROWSKI, Adam KUROWSKI, Maciej BLASZKE 
Politechnika Gdańska 

 

The aim of this paper is to describe the process of creating an acoustic diffuser using the 3D printing 
method. Another goal is to measure and compare the 3D printed diffuser with the one made of plywo-
od. 3D printing is currently one of the fastest growing technologies for manufacturing objects. The use 
of 3D printing covers a number of areas of technology, art, medicine, etc. Firstly, this work describes 
the basics of 3D printing and the process of designing and printing objects. Next, the assumptions of 
designing acoustic systems and the most common types of diffusers are described. The description of 
the measurements and the comparison of the diffuser made with the standard diffuser are also inc-
luded. The last part is a summary and conclusions resulting from measurements. 
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DIFFERENCES IN THE SOUND TIMBRE OF TENOR TROMBONES FROM 
THE EARLY 20TH CENTURY AND CONTEMPORARY INSTRUMENTS 

Maciej WALCZYŃSKI, Przemysław PLASKOTA, Maurycy J. KIN 
Politechnika Wrocławska 

 

This work presents the concept of research and the results of preliminary research on the differen-
ces in the timbre of trombones built in the 1920s and contemporary trombones.  Trombones are in-
struments that have not undergone significant changes over several centuries. It was not until the 19th 
and 20th centuries that a number of changes were introduced, such as the trigger, or a gradual increase 
of the instrument's bore and bell size. These changes led to the emergence of a specific standard for 
the modern tenor trombone, as an orchestral instrument: a bore of 0.547 inches and 8.5 inches bell. 
Meanwhile, instruments from the early 20th century had a bore usually in the range of 0.460 to 0.508 
inches and a bell diameter between 6 and 8 inches. The work presents a spectral analysis of several 
successive sounds belonging to the harmonic series. The recordings were made in an anechoic cham-
ber with the use of 5 instruments - two built in the 1920s and three  built over the last 40 years. The 
instrumentalist making the recordings was a professional musician from the National Forum of Music 
- Wojciech Nycz. In addition, the results of the subjective evaluation of fragments of the solo part of 
Tuba Mirum with Mozart's Requiem performed on each instruments will be presented. The examina-
tions are preliminary and have been made on a group of a few people with music education. 

SOUND EXPOSURE AMONG MUSIC STUDENTS –  
FULL-DAY NOISE DOSIMETRY 

Agnieszka Paula PIETRZAK 
Politechnika Warszawska 

 

Sound levels during professional activity of music students are often similar or even higher than 
levels in industrial noisy workplaces.  Exposure to such high-level sounds can lead to occurrence of 
tinnitus, hyperacusis and temporary and permanent hearing loss. Sound level varies due to type of 
instrument, activity and due to practicing conditions. For some instruments the exposure can be 
asymmetrical, meaning different sound level at the right and the left ear. In this study equivalent A-
weighted sound level was measured during different type of music activities for a group of music stu-
dents of the Fryderyk Chopin University of Music in Warsaw. The measurements were taken separate-
ly for the left and the right ear, using a two-channel noise dosimeter. Sound levels during various types 
of activities and examples of asymmetry in sound levels between musicians right and left ear are pre-
sented. 
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WYKORZYSTANIE UCZENIA MASZYNOWEGO DO ANALIZY  
SYGNAŁU ELEKTROENCEFALOGRAFICZNEGO (EEG)  

I OKULOGRAFICZNEGO (ANG. EYE-TRACKING)) 

Katarzyna MROZIK, Bożena KOSTEK 
Politechnika Gdańska 

 

Zdolność do koncentracji uwagi na wykonywanej czynności jest indywidualną cechą 
osobniczą, możliwe jest jednak wyznaczenie pewnych podobieństw zależnych od płci, 
wieku i inteligencji. Do sprawdzenia zdolności skupienia uwagi najczęściej używa się 
różnego rodzaju testów, takich jak np. test Stroopa, skala inteligencji Wechslera czy test 
ciągłego wykonywania CPT. Rezultaty takich testów są wartością liczbową i polegają na 
klasyfikacji uzyskanego wyniku w oparciu o średni wynik otrzymywany przez grupę re-
ferencyjną. Wszelkie dodatkowe informacje jakie zdobywa się w trakcie przeprowadza-
nia tego typu testów są efektem obserwacji osoby badanej przez osobę przeprowadzającą 
badanie i ich weryfikacja jest niemożliwa do przeprowadzenia. Dużą wadą tego rodzaju 
testów jest również brak możliwości sprawdzenia jak kształtowała się zdolność do sku-
pienia uwagi w trakcie całego badania.  

Rozwój techniki sprawił, że obecnie można wspomóc tego typu badania za pomocą 
narzędzi takich jak okulografia, badanie aktywności elektrodermalnej, badanie aktywno-
ści sercowo-naczyniowej, elektromiografia, elektroencefalografia (EEG) czy monitoro-
wanie częstotliwości i amplitudy oddechu oraz temperatury ciała. Większość z wyżej 
wymienionych metod opiera się na założeniu, że w trakcie zwiększonej aktywności inte-
lektualnej, podobnie jak w trakcie intensywnej aktywności fizycznej, wzrasta tętno, zapo-
trzebowanie na tlen, temperatura i napięcie mięśni osoby badanej. Wyjątek stanowi oku-
lografia i EEG, które badają odpowiednio punkt fiksacji wzroku i aktywność komórek 
nerwowych mózgu. Połączenie tradycyjnego testu z równoczesnym wykonaniem okulo-
grafii i EEG pozwala więc na uzyskanie większej ilości informacji o kształtowaniu się 
zdolności skupienia uwagi w czasie całego badania. 
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PROJEKTOWANIE I STROJENIE TUBOWEGO, KOAKSJALNEGO 
ZESTAWU GŁOŚNIKOWEGO 

Tomasz NOWAK 
Politechnika Wrocławska  

 

Referat objaśnia praktyczne aspekty projektowania koaksjalnego zestawu głośniko-
wego, wraz z problemami charakterystycznymi dla tego typu konstrukcji. W przypadku 
stosowania konstrukcji tubowych, charakterystyki kierunkowości w płaszczyznach po-
ziomej i pionowej są znane i możliwe do modyfikacji wedle zapotrzebowania. Tak jak w 
przypadku klasycznych zestawów głośnikowych, należy odpowiednio dobrać punkt po-
działu pomiędzy poszczególnymi pasmami, aby uzyskać nierosnący kąt zasięgu promie-
niowania w funkcji częstotliwości. Koaksjalne rozmieszczenie sekcji przetworników po-
zwala na pożądaną symetrię charakterystyk kierunkowości we wszystkich płaszczyznach. 
Stosując konstrukcję tubowe napotkać można problem wpływu rozmiarów wylotu tuby 
sekcji wyskotonowej, znajdującej się wewnątrz wylotu tuby sekcji średniotonowej. 
Obecność obstrukcji wewnątrz tuby odpowiedzialnej za promieniowanie średnich często-
tliwości wpływa na powstanie dyfrakcji wraz ze wzrostem częstotliwości, która znie-
kształca równomierność promieniowania w przestrzeni. Podobny efekt występuje dla 
sekcji dużych częstotliwości, gdzie granice wylotu tuby tworzą krawędzie, na których 
powstają źródła pozorne. Wpływ powyższych problemów można minimalizować stosując 
eliptyczne tuby sekcji dużych częstotliwości o zaokrąglonych krawędziach, dodając ma-
teriał tłumiący wewnątrz tuby sekcji średnich częstotliwości oraz odpowiednio dobierając 
podział częstotliwości pomiędzy pasmami. Wykonano prototypy takich zestawów, stosu-
jąc w pierwszej wersji sekcję wysokotonową ukazującą problemy konstrukcji. Następnie 
dokonano szeregu modyfikacji oraz wymianę sekcji wysokotonowej, wraz z dokumenta-
cją pomiarową. Sesje pomiarowe pokazały proces strojenia zestawu głośnikowego oraz 
uzyskiwaną poprawę symetrii i równomierności charakterystyk kierunkowości wraz z 
każdą modyfikacją. 
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LOUDNESS WAR – LOUDNESS OF POLISH INTERNET STREAMING 

Piotr CIEŚLIK, Karolina SZYBIŃSKA 
Akademia Górniczo-Hutnicza 

 

The growing popularity of an audio-visual materials in the Internet attracts not only 
different groups of receivers but also encourage advertisers to apply various methods. 
Differences in loudness of station’s programs, music or advertisements may cause re-
ceivers’ discomfort and irritation. The regulations and recommendations established by 
the Polish National Radio Broadcasting Council (KRRiT) and the European Broadcasting 
Union (EBU), which recommend sound normalization to the level of -23 LUFS, are only 
applicable in terrestrial television and radio. Lack of the sound normalization in the on-
line streaming, causes cases of discomfort and noise, which may lead to the hearing loss 
among listeners. 

The aim of the study was to identify the problem related to the lack of sound normali-
zation in the online streaming. The method was based on an analysis of samples of recor-
ded materials. Materials were taken from polish internet streaming stations. Two radios 
and two TV stations have been chosen. In addition, two well-known foreign radio stations 
have been chosen in case to compare polish streaming services. Average momentary lou-
dness, integrated loudness, short-term loudness, and true-peaks of web broadcasts, music, 
and commercials were determined. These data were analysed and compared. They were 
assessed in what degree they exceeded from the recommended limits. 
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SURVEY REVIEW ON SPEAKER EMBEDDINGS 

Rafał PILARCZYK1, Paweł CYRTA2 
1Politechnika Warszawska,, 2Babblelabs, San Jose 

 
 

Over recent years, speaker embeddings has received immense interest in the research 
community. It has shown a superiority and become an important method of speech repre-
sentation for many tasks, such as speaker identification, verification, adaptation, retrieval, 
diarization or higher-level inference on speech data. Embeddings modeled as deep neural 
network and trained on huge amount of data was shown ability to encode different pro-
perties as speaker identity, voice quality, gender, prosody, emotions and acoustic text 
content. For this reason, we present many approaches that investigate network architectu-
res and training strategies that give important improvements and gains in accuracy. 

Speaker embeddings extraction is a method to represent a recorded sound of human 
voices by training a model that projects time or frequency audio representation into a 
fixed size high-dimensional embedding space. For each speaker a set of vectors values 
are obtain to represent particular speaker in the embedding space, and are forced during 
training to cluster given a objective function for the network. 

In this paper we review the current state-of-the-art, focusing on research developed 
since 2012 that relates predominantly to speaker recognition for broadcast, phone calls, 
speech queries and meetings. Finally, we present an analysis of various approaches and 
compare the performance as reported through publications and identify important areas 
for future research. 
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WEB-BASED SYSTEM FOR ARCHIVING AND RETRIEVAL  
OF POLISH TRADITIONAL MUSIC IN ESAC FORMAT  

Marcin CHMIEL1 , Joanna SOŁOMIEWICZ1, Ewa ŁUKASIK1,  
Ewa DAHLIG-TUREK2 

1Politechnika Poznańska, 2, Instytut Sztuki Polska Akademia Nauk 
 

The paper presents WebEsAC, a prototype application developed to support archiving, 
editing  and searching for traditional Polish music written in a symbolic text-based EsAC 
notation. EsAC format has been developed for one-part music, especially for European 
folksong databases. Each melodic verse of the song is saved in EsAC code as a separate 
record, that can be edited and searched using any browser. It can be easily converted into 
other formats eg. MIDI or MusicXML. The application offers an online access to the da-
tabase, where each tune is saved as a separate record, with an easy-to-use interface. The 
implementation of EsAC-to-MIDI and MIDI-to-EsAC converters gives additional flexibi-
lity to the system and allows aural verification of encoded melody and rhythm. WebEsAC 
facilitates, among others, the work of musicologists transcribing the scores of Polish tra-
ditional tunes collected by Oskar Kolberg in  19th century into the digital symbolic form. 
It also allows searching for melodic and rhythmic similarities. 
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CONVOLUTIONAL AND RECURRENT NEURAL NETWORKS  
FOR FACE IMAGE ANALYSIS 

Kivanc YUKSEL 
Politechnika Warszawska 

 

In this paper, two Deep Neural Network models for face image analysis are presented. 
The first one is a Face Parts Detector –eyes, nose and mouth– using a moderate size 
Convolutional Neural Network, and the second one gives details of a novel Face Align-
ment method based on Convolutional and Recurrent Neural Networks. The Face Align-
ment network can be thought to be composed of two parts: the first part is responsible for 
feature extraction, and the second one generates facial landmarks based on these features 
together with the geometry of facial parts, and their relation with each other. The Face 
Parts Detector takes a face image as input and it outputs the pixel coordinates of bounding 
boxes for each facial part. The power of both methods is that they are very robust to diffi-
cult head pose, and light conditions. 
Keywords: convolutional neural networks, recurrent neural networks, computer vi-
sion,image processing, facial landmark localization, facial parts detection. 
 

 
 
 
 
 
 


