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Konferencije ETRAN/ICETRAN kroz statistiku

Vladimir A. Kati¢, Senior Member, IEEE, Marko Jarnevié, Dragomir Nikoli¢, Mirjana Jovani¢

Apstrakt— Konferencija ETRAN je jedan od najstariji
nauc¢nih skupova u Srbiji, koji se neprekidno organizuje veé¢ 66
godina. Njeno medunarodno izdanje ICcETRAN se sada
priblizava prvoj deceniji postojanja. Obe konferencije uspesno
organizuje Drustvo za ETRAN, ¢iji kolektivni ¢lanovi su sve
najznacajnije naucne i obrazovne institucije u Srbiji i Republici
Srpskoj (BIH). U radu je prvo predstavljena struktura, kao i
klju¢ne teme, koje se na konferencijama razmatraju. Zatim su
zajedno posmatrani odgovarajuéi, karakteristi¢ni statisticki
podaci o broju radova i autora. Oni su obradivani u tri
vremenska intervala, nesto Sirem (poslednjih 26 god., 1996.-2021.
god.), srednjoroénom (poslednjih 9 god., 2014.-2022. god.), i
nesto kracem (poslednjih 4-5 god., 2018. — 2021(2). god.). Brojevi
radova su analizirani  agregatno, po  pojedina¢nim
konferencijama, ali i detaljnije po tematskim sekcijama, dok su
podaci o autorima vezivani za drZavu i instituciju zaposlenja,
kao i za pol istrazivaca. Zakljuceno je da ovi skupovi najcesce
predstavljaju mesto prikazivanja nauc¢nih rezultata istraZivaca iz
akademske zajednice (fakulteta i instituta), a da je prisustvo
privrede, vojnog i zdravstvenog sektora manje zapaZeno.
Takode, najveéi broj ucesnika je iz Srbije i to sa tri najveéa
domaca fakulteta. Medutim, znacajna je i medunarodna
komponenta, kroz autore iz 31 zemlje. UceS¢ée Zena je
popravljeno, ali joS uvek nije adekvatno i iznosi 30%.

Kljuéne re¢i— Konferencije ETRAN/ICETRAN, Nauéno-
struéni radovi, Statistika.

. UvoDp

Prve inicijative da se organizuje okupljanje inZenjera, koji
se bave elektronikom pojavile su se jos daleke 1953. god. pod
rukovodstvom dr Rajka Tomovi¢a. Odbor za elektroniku
uradio je sve pripremne aktivnosti i prva konferencija odrzana
je od 7-11. juna 1955. god. [1, 2, 3]. U prvih par godina,
konferencija je obuhvatala radove iz elektronike i srodnih
disciplina, ali je ve¢ 1957. god. osnivanjem Saveznog centra
za elektroniku, telekomunikacije i automatiku (ETA) oblast
delovanja i zvani¢no proSirena na telekomunikacije i
automatiku. Naredne 1958. god. osnovan je Jugoslovenski
komitet za ETAN, kada je uz pomenute tri oblasti dodata i
nuklearna tehnika (ETAN).

Jugoslovenski komitet, kasnije Jugoslovenski savez za
ETAN (od 1976. god.), pa republi¢ka Drustva za ETAN (od
1980. god.) vodili su konferencije ETAN-a do 1992. god.

Vladimir A. Kati¢ — Predsednik Drustva za ETRAN, Univerzitet u Novom
Sadu, Fakultet tehni¢kih nauka, Trg Dositeja Obradovi¢a 6, 21000 Novi Sad,
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Drustvo za elektroniku, telekomunikacije, racunarstvo,
automatiku 1 nuklearnu tehniku (Drustvo za ETRAN),
osnovano je 1993. god., kada je u tematske sadrZaje
konferencije ukljuéeno i ra¢unarstvo, kao posebna sekcija [1].
To je rezultiralo promenom naziva iz ETAN u ETRAN.
Drustvo je nastavilo sa Sirenjem delatnosti i ve¢ 1994. god. je
oshovana sekcija za elektroenergetiku (EE), a 1997 sekcija za
metrologiju (ML).

Potreba za Sirom vidljivos¢u rezultata istrazivanja u Srbiji
dovela je do pokretanja medunarodne konferencije, ICIETRAN
(International Conference on Electrical, Electronic and
Computing Engineering) 2014. god. sa istim tematskim
okvirom, a na kojoj se predstavljaju radovi na engleskom
jeziku u IEEE formatu. Od tada se konferencije ETRAN i
ICETRAN odvijaju zajedno (paralelno) u istim terminima i na
istoj lokaciji.

Trenutno ETRAN ima Sesnaest sekcija, kojima su
pokrivene sve moderne oblasti elektrotehnike. Karakterise ga
veliki broj individualnih, ali i kolektivnih ¢lanova (28
institucija i organizacija iz Srbije, Bosne i Hercegovine i Crne
Gore). Ove 2022. god. odrzava se LXVI konferencija
ETRAN-a, odnosno IX konferencija ICETRAN-a.

U literaturi se retko pojavljuju radovi u kojima je uradena
statisticka obrada nauc¢ne produkcije konferencija ETA,
ETAN, ETRAN i ICETRAN. U publikaciji [1], dat je prikaz
perioda od 2006. — 2015. god., s tim da su pojedine sekcije
dale i celokupan pregled kretanja broja radova od svog
osnivanja do 2015. god., dok je u [2] dat prikaz ranijih
konferencija (1955-2014. god.), s tim da statistika nedostaje
za period 1985-1996. god. U [4] je dat reprint svih radova u
periodu 1955. — 2006. god., ali nema agregiranog statistickog
prikaza, kao ni dela radova iz zbornika 1992. i 1993. god. i
nekih ostalih godista.

Neki podaci mogu se dobiti i iz uvodnih referata
podnesenih na konferencijama ETRAN-a. Tako je na XL
konferenciji u Budvi u junu 1996. god. prof. Mili¢ Stoji¢,
tadasnji predsednik ETRAN-a napisao: ,,Na proteklih 39
konferencija bilo je podneto ukupno 10.021 rad, koji su zatim
publikovani na oko 70.000 stranica u 187 tomova zbornika
radova. Na jubilarnoj XL Konferenciji ocekuje se da ¢e biti
podneto 624 rada 1156 autora u okviru 15 stru¢nih komisija i
67 radnih sednica.* [5].

Na sajtu ETRAN/ICETRAN konferencija dati su reprinti
kompletnih zbornika sa poslednjih pet konferencija (2017.-
2021. god.), a unos ranijih godista je u toku [6]. Zbog
kratkoce vremena i teSkoce nabavke, autori ovog rada nisu bili
u prilici da konsultuju ostalu literaturu vezanu za aktivnosti
drustva za ETAN/ETRAN, $to ostaje kao zadatak za naredni
period.

Cilj ovog rada je da predstavi sumirani pregled tematike i
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aktivnosti na obe konferencije (nacionalne i medunarodne) u
tri vremenska intervala, neSto Sirem (poslednjih 26 god.,
1996.-2021. god.), srednjoro¢nom (poslednjih 9 god., 2014.-
2022. god.), i nesto kracem (poslednjih 4-5 god., 2018. —
2021(2). god.), koriste¢i razliGite statisticke prikaze broja
radova i autora. Na taj nacin zeli se ukazati na opSte pravce
razvoja, na njihove trendove, ali i na segmente kojima je
potrebno posvetiti ve¢u paznju i trud u buduénosti.

Il. KONFERENCIE ETRAN/ICETRAN

Konferencije ETA/ETAN/ETRAN organizuju se godiSnje,
pocevsi od 1955. god. Prva i druga konferencija odrzane su u
Beogradu 1955. i 1956. god., a nadalje su menjale lokacije,
Sirom bivse Jugoslavije. Od 1992. god. odrzavaju se u Srbiji i
Crnoj Gori, a od 2008. god. isklju¢ivo u Srbiji [2]. Od 2014.
god. drustvo za ETRAN svake godine organizuje dve
paralelne konferencije, nacionalnu ETRAN i medunarodnu
ICETRAN u nekom mestu u Srbiji. Najvise domacinstava do
sada ima Beograd 7 puta, Zlatibor 6 puta, pa Novi Sad i Ni§
po 4 puta. Ove 2022. god. ETRAN je prvi put u Novom
Pazaru, kao mladom univerzitetskom centru.

Rad ETRAN/ICETRAN konferencija odvija se preko 16
sekcija, koje pokrivaju kompletnu oblast elektrotehnike i
predstavljaju kljuéne teme svih konferencija. To su (po
abecednom redu): Akustika (AK), Antene i prostiranja (AP),
Automatika (AU), Biomedicinska tehnika (BT), Elektri¢na
kola, elektricni sistemi 1 obrada signala (EK),
Elektroenergetika (EE), Elektronika (EL), Metrologija (ML),
Mikroelektronika i optoelektronika (MO), Mikrotalasna
tehnika, tehnologije i sistemi (MT), Novi materijali (NM),
Nuklearna tehnika (NT), Racunarstvo (RA), Robotika i
fleksibilna automatizacija (RO), Telekomunikacije (TE) i
Vestacka inteligencija (V1).

Pored njih, na konferencijama se pojavljuju i radovi iz
oblasti nastavne problematike, odnosno edukacije (EDU), kao
i oni koji tematski obuhvataju interdisciplinarne oblasti,ili
tematiku vise struka, a koji su svrstani u specijalne sesije.

Na svakoj konferenciji, nekoliko radova ili predavanja se
predstavljaju na plenarnim sednicama, kao uvodni ili Key
Note Lectures. Takode, u sklopu svake sekcije, prezentuju se
pozvani radovi (Invited Papers) ili pozvana predavanja
(Invited Lectures).

Uz prezentaciju radova, na konferencijama organizuju se i
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okrugli stolovi (Pannel Sessions) vezani za aktuelnu
problematiku razvoja nauke u svetu ili Srbiji, kao i sednice
posvecene pojedinim autorima.

IIl. STATISTIKA BROJA RADOVA

Pregled broja radova po svim dosadasnjim konferencijama,
kako ukupan, tako i po pojedinim sekcijama, prevazilazi
okvire ovog rada, jer zahteva znatno viSe prostora za
dijagrame, objasnjenja i komentare. Da bi se ipak dobio
odgovaraju¢i prikaz, autori su odluéili da se ograni¢e na
statistiku broja radova u tri pomenuta vremenska intervala.
Treba napomenuti da su za konferencije od 1996. god. do
2021. god. u statistiku uvrsteni radovi, koji su usli u
Zbornik/Proceedings (prezentovani radovi), dok su za 2022.
god. obuhvaceni prihvaceni radovi, koji su prosli duplu
recenziju.

Na SI.1 prikazan je pregled kretanja broja radova na
konferencijama ETRAN i ICETRAN u ovom periodu. Moze
se videti da je kvantitativno konferencija ETRAN krajem
devedesetih godina proSlog veka predstavljala jedan od
najve¢ih, ako ne i1 najve¢i naucni skup u Srbiji. Prema
podacima za 1996. i 1997. god., XL i XLI konferencija
odrzane U junu u Budvi i na Zlatiboru, respektivno,
predstavile su ¢ak 624, odnosno 622 nau¢na i stru¢na rada
[2, 4].

U narednom periodu, broj radova polako opada, tako da se
moze zapaziti nekoliko kvantitativnih blokova vezanih za
kretanje broja radova:

1996. — 1998. god.: 1zmedu 500 — 600+ radova, prosek 588,6
1999. — 2010. god.: 1zmedu 300 — 500 radova, prosek 352,5
2011. — 2019.god.: Izmedu 200 — 300, prosek 269,3

2020. — 2022.god.: Izmedu 100 — 200, prosek 158,3

Poslednji blok ukazuje da je sada broj radova dosta nizak,
odnosno da odgovara nivou iz pocetnog perioda razvoja
konferencije. Tek 1975. god. na XIX konferenciji u Ohridu
broj radova je presao obim od 200 radova i tu se zadrzao sve
do 2019. god.lpak, stanje za konferenciju 2022. god.
ohrabruje, jer je broj radova zna¢ajno povecan (+36%).

Medutim, sadaSnje stanje nije na nivou reputacije
konferencije(a) i upuéuje da je potrebno uloziti dodatne
napore na povecanju atraktivnosti konferencije, kvaliteta
radova, Sirem povezivanju sa privredom i snaZenju uticaja u
naucnoj i struénoj javnosti Srbije i sveta.

Broj radova na konferencijama ETRAN/ICETRAN
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A. Statistika radova 2014. — 2022. god.

Iz razloga aktuelnosti i ovde ¢e se posebno analizirati
period 2014. — 2022. god. Karakteristika tog perioda je da se u
njemu pojavljuju dve paralelne konferencije ETRAN, kao
nacionalna i ICETRAN, kao medunarodna. To daje moguénost
autorima da svoje radove predstave na srpskom ili engleskom
jeziku. Pored ve¢ pomenutih razloga internacionalizacije i
bolje vidljivosti u inostranstvu, razlog za ovakvu odluku
predsednistva ETRAN-a moze se traziti i u sve ve¢em uceséu
nau¢nika iz Srbije na medunarodnim projektima,
interesovanju svetskih naucnika za rezultate u Srbiji,
intenziviranju znaCaja citiranosti za rangiranje naucnih
radnika, ali i kao na¢in snaZenja uticaja i znac¢aja konferencije
u Srbiji i svetru.

Na SI. 2, prikazan je ,,zumiran“ pregled broja radova sa
slike 1, na obe konferencije u analiziranom periodu, ali
prikazan odvojeno, odnosno uporedno po konferencijama.
Ukupno je na konferenciji ETRAN predstavljeno 847 radova,
dok na konferenciji ICETRAN 1239 radova, odnosno sve
zajedno na obe konferencije 2086 radova. I ovde se moze
uociti napredak u 2022. god.

Poredenjem dve konferencije, vidi se da se veéina autora
opredeljuje za konferenciju ICETRAN (59,4%), §to ukazuje na
potrebu dalje internacionalizacije konferencije. Ipak, znacajan
broj autora prikazuje svoje rezultate i na ETRAN-u, kao
nacionalnom skupu, $to je dobro jer podsti¢e razvoj domace
misli, usvajanje adekvatne terminologije na srpskom jeziku,
odnosno umanjuje efekte anglikanizacije.

Broj radova na konferencijama ETRAN i IcCETRAN

1 "“l

ETRAN ICETRAN

m2014 2015 w2016 2017 m2018 w2019 2020 2021 m2022

Sl. 2. Pregled broja radova na konferencijama ETRAN/ICETRAN u periodu
2014. —2022. god.
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B. Statistika radova po sekcijama (2018. — 2022. god.)

Nesto bolji uvid u rezultate istrazivanja moze se dobiti ako
se posmatra broj radova po pojedinim sekcijama. Medutim, s
obzirom na broj sekcija, predstavljanje pomocu jedinstvenih
dijagrama moze biti nepregledno. 1z tog razloga, autori ovog
rada odlucili su se da dodatno suze opseg posmatranja na
poslednjih pet godina, odnosno na period od 2018. do 2022.
god.

Na Sl. 3 predstavljen je broj radova po sekcijama u tom
periodu. Vidi se da su najistaknutije bile sekcije za
raCunarstvo (RT) i metrologiju (ML), zatim automatiku i
obradu signala (AU), telekomunikacije (TE), akustiku (AK) i
elektroenergetiku (EE). Kod nekih sekcija moze se videti
znacajna redukcija aktivnosti (na primer, sekcije AK, AU,
EK, EL, RT), kod nekih da su konferencije u 2020. ili 2021.
god. bile kriti¢ne (na primer AP, EL, EK, MT), ali se kod
veéine zapaza oporavak u 2022. god. Ukupnom pozitivnom
rezultatu za 2022. god. dodatno doprinose radovi u EDU sesiji
i specijalnim sesijama, kao i1 predstavljanje medunarodnog
projekta KALCEA.

C. Statistika radova po institucijama

Na skupovima ETRAN/ICETRAN ucestvuje veliki broj
autora, najceSce sa univerziteta (fakulteta), naucnih instituta,
privrede, ali i iz vojno-tehnickih i ustanova zdravstva.
Naravno, mogu¢i su i istrazivacki timovi kombinovani sa
¢lanovima iz razli¢itih institucija. Kompletno sagledavanje
prevazilazi obim ovog rada, pa je fokus stavljen na period
2018. — 2021. god.

Na Sl.4 predstavljeno je uceS¢e broja radova po
grupisanim institucijama. Vidi se da su radovi autora sa
univerziteta (fakulteta) bili najvise zastupljeni (59,0%), pa
zatim radovi meSovitih timova (24,6%), istrazivackih grupa sa
nau¢nih instituta (12,0%), te vojno-tehni¢kih ustanova (3,5%)
i privrede (0,9%). Interesantno je da nije bilo veceg ucesca
radova autora iskljucivo iz zdravstvenih ustanova, odnosno
oni su se pojavljivali u sklopu me$ovitih timova.

Ovaj pregled pokazuje da su skupovi ETRAN/ICETRAN
prvenstveno orijentisani na ucesnike iz akademskog okruzenja
(fakulteta ili instituta), a da je prisustvo autora iz privrede i
drugih institucija nedovoljno.

20 ﬁ |
: ‘ @ [ H {] il &
C‘I 1 HMH{H‘IIJ

\\ééd'&\@“g@@\@*
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Sl. 3. Pregled broja radova po sekcijama u periodu 2018.-2022. god.
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Ucesce intitucija (2018.-2021.)

Univerzitet
59,0%

Mesovito
24,6%

Vojska 3,5%

Institut
12,0%

Privreda 0,9%

Sl. 4. Pregled u¢esca radova po institucijama za period 2018. — 2021. god.

IVV. STATISTIKA PO AUTORIMA

Zbog znatno sloZenije obrade, za statistiku po autorima
koristi¢e se ograni¢eni vremenski interval od 4 odnosno 5
godina (2018. — 2021(2). god.). Na bazi iskustva i prethodnih
podataka, moze se odmah pretpostaviti da autori
konferencijskih radova, odnosno uéesnici ETRAN/ICETRAN
konferencija uglavhom dolaze iz Srbije i iz akademskih
institucija. Medutim, statistika ukazuje da su ove konferencije
interesantne i za mnoge ucesnike iz inostranstva i iz drugih
institucija. 1z tih razloga interesantno je posmatrati i uporediti
konferencije po nekim parametrima vezanim za autore. Ovde
¢e se predstaviti statistika po drzavama iz kojih dolaze autori,
odnosno u kojima se nalaze institucije i firme gde su
zaposleni, zatim po pojedinaénim institucijama (mestu
zaposlenja) autora, te po polu da bi se videla kakva je
zastupljenost zena.

A. Autori iz inostranstva

Da bi se potvrdila pomenuta pretpostavka, na SI.5
prikazano je procentualno uée$ce autora iz Srbije i iz drugih
drzava u razmatranom periodu. Moze se uoditi da velika
vecina, ¢ak 92,1% dolazi iz Srbije. To je i ocekivano, zbog
nacionalnog karaktera konferencije ETRAN, ali i zbog toga
§to znacajan broj autora je iz Srbije publikuju svoje rezultate
na engleskom jeziku u okviru konferencije ICETRAN.

Ipak, detaljniji pregled autora pokazuje da preostalih 7,9%
predstavljaju institucije iz ¢ak 31 zemlje sveta. Da bi se
jasnije videla njihova zastupljenost, na Sl. 6 predstavljena je
statistika autora iz inostranih institucija. Moze se uoéiti da ih
najviSe dolazi iz Bosne i Hercegovine (uglavnom Republike

® Austria
M Belgium
= Bosnia & Herz.

Ucesce po drzavama (2018. - 2022.)

® Bulgaria

= Canada

= China

B Croatia

m Denmark

 Finland

= France
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Sl. 5. Procentualno uéesée autora po drzavama u periodu 2018. — 2021. god.

Srpske) i Crne Gore, pa zatim iz Nemacke, Velike Britanije
(UK) i Sjedinjenih Ameri¢kih Drzava (USA). To ukazuje na
dobru saradnju u regionu, jer su i autori iz Hrvatske, Slovenije
i Severne Makedonije prisutni. Treba napomenuti da razlog za
manje ucesce tri poslednje pomenute drzave ex-Jugoslavije se
moze potraziti i u Cinjenici da one imaju svoje nacionalne
konferencije, kojhe su potekle iz ETAN-a: KOREMA (bivsa
JUREMA), ELMAR (biv§i ETAN u pomorstvu), ETAI i dr.
Istaknuto prisustvo autora iz razvijenih, zapadnih zemalja je
najve¢im delom posledica aktivnosti naSe naucne dijaspore,
bilo u sklopu zajednickih istrazivanja sa autorima iz Srbije,
bilo u sklopu timova sa svojih institucija.

B. Pregled po institucijama autora

Veé je pokazano da najvise radova dolazi od autorskih
timova sa univerziteta ili instituta, ali da je znacajno i ucesce
kombinovanih timova (Sl. 4). 1z tog pregleda se ne vidi jasno
pripadnost institucijama pojedina¢nih autora, pa je na Sl. 7 dat
pregled u¢esca autora po institucijama grupisanim kao na Sl. 4
za period 2018. — 2021. god. Naravno, opet je najznaéajnije
prisustvo autora sa univerziteta (fakulteta) 70,0%, instituta
21,4%, ali se vidi i primetno uces¢e autora iz vojske 4,7%,
privrede 3,4% i zdravstva 0,4%. Poredenjem sa Sl. 4 moZe se
zakljuciti da su radovi meSovitih timova najces¢e rezultat
saradnje istrazivaCa sa univerziteta, odnosno instituta i
privrede ili vojske, i neSto manje zdravstva.

Broj autora iz inostranstva (2018. - 2022.)
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Sl. 6. Pregled broja autora iz inostranstva po drzavama zapuslenja za period 2018. — 2021. god.
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Ucesce autora po instutucijama (2018.-2021.)
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Sl. 7. Pregled ucesca autora iz odgovarajuéih institucija za peiod 2018. —
2021. god.

Pored pregleda po grupisanim institucijama, interesatno je
analizirati mesta zaposlenja autora, tj. napraviti pregled ucesc¢a
pojedinaénih institucija. Na Sl. 8 je dat ovakav pregled za
period 2018.-2021. god., uz napomenu da su u obzir uzete
samo one institucije ¢iji autori se pojavljuju bar 3 puta. Vidi
se da je najvece ucesce na konferencijama ETRAN/ICETRAN
od strane autora sa Fakulteta tehnickih nauka iz Novog Sada
(FTNNS), zatim sa Elektrotehnickog fakulteta u Beogradu
(ETFBG), te Elektronskog fakulteta u Nisu (EFNI). Zatim ide
Institut RT-RK iz Novog Sada (RTRK), Visoka Skola
elektrotehnike i racunarstva strukovnih studije Beograd
(VSEL), Fakultet tehni¢kih nauka iz Cacka (FTNCA), te
grupa instituta: Institut za hemiju, tehnologije i metalurgiju iz
Beograda (IHTM), Institut za nuklearne nauke Vinéa
(INNVIN), Institut Vlatacom Beograd (VLATA) i Institut
Mihajlo Pupin iz Beograda (IMPBG).

Ovaj pregled potvrduje da su skupovi ETRAN/ICETRAN
prvenstveno orijentisani na ucesnike iz akademskog
okruzenja, odnosno na autore sa fakulteta i instituta u
Beogradu, Novom Sadu, Nisu i Cacku, ali je znalajna i
prisutnost autora iz specijalizovanih firmi (industrije), kao i iz
inostranstva. Medutim, prisustvo autora iz privrede, te
saradnja sa zdravstvom jos uvek je nedovoljna.

C. Pregled broja autora prema polu

U poslednje vreme sve vise se govori i ulazu se dodatni
napori da se poveca broj Zena u inzenjerskim strukama.
Njihovo uceS¢e postaje sve znacCajnije, pa je interesantna i
statistika o njihovoj participaciji u nau¢nim radovima, koji se
izlazu na ETRAN/ICETRAN konferencijama. Na SIL. 9
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prikazan je pregled procentualnog ucesca muskaraca i Zena na
ovim konferencijama u periodu 2018.-2021. god. Moze se
uociti da je doslo do blagog povecanja uc¢esca zena, odnosno
da je ono sa 23,7% na konferencijama 2018. god. dostiglo
30% na konferencijama 2021. god. To je ohrabrujuci trend, ali
treba ulagati dodatne napore da se on odrzi.

V. ZAKLJUCAK

Konferencija ETRAN, a sada i ICETRAN, u svom dugom
postojanju prosle su kroz razne faze. Poslednjih godina
uodljiv je rapidan pad broja radova i smanjeno interesovanje
naucnika i istrazivada. Sta su razlozi i uzroci ove negativne
pojave svakako zahteva dublje analize, ali se oni mogu traziti
u sveukupnoj digitalizaciji nauéne produkcije, pa i svih ostalih
sfera rada i Zivota, U specifiénim zahtevima vrednovanja
nau¢nog rada gde je fokus stavljen na naucne Casopise, U
potrebi za ve¢om dinamikom nauénog rada i produkcije, pa do
uticaja ograni¢enja u finansiranju nauke, negativnim efektima
pandemije virusa Korona-19 i dr.

Ovi skupovi najée$ée predstavljaju mesto prikazivanja
nau¢nih rezultata istrazivaa iz akademske zajednice
(fakulteta i instituta), a prisustvo privrede, vojnog i
zdravstvenog sektora treba intenzivirati. Takode, najveéi broj
uéesnika je iz Srbije i to sa tri najveca domaca fakulteta.
Medutim, znacajna je i medunarodna komponenta, kroz autore
iz ¢ak 31 zemlje. UceSc¢e Zena se popravlja, ali jo§ uvek nije
adekvatno i sada iznosi 30%.

Ovogodisnje konferencije, LXVI ETRAN i IX ICETRAN
nagovestavaju preokret i bolju buduénost ovih okupljanja.
Broj radova znacajno je porastao (+33%), kao i ocekivano
ucesce istrazivaca. Konferencija je ponovo organizovana ,,u
zivo“, a postavljeni su osnovi za intezivnije pojavljivanje hi-
tech privrede i veze sa nau¢no-tehnoloskim parkovima. To
ukazuje da osnovni razlozi okupljanja naucnika i istraZivaca, a
to je neposredna razmena rezultata i iskustava, dolaZenje do
novih ideja i zajedni¢ko druzenje i dalje predstavljaju
znaajan motiv za ucestvovanje. Ovo i ohrabruje na nove
napore za poboljSanje znaGaja i organizacije konferencija,
povecanje atraktivnosti, uvecanje uc¢eséa naucnika, istrazivaca
i struénjaka iz privrede, kao i mladih doktoranata,
internacionalizaciju, povezivanje sa svetskim asocijacijama
(IEEE, IFAC i dr.), kao i bolju vidljivost ovih konferencija u
svetskoj 1 domacoj naucnoj zajednici.

Broj autora prema institucijama (2018. - 2021.)
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Sl. 8. Pregled broja autora prema institucijama za period 2018. — 2021. god.
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Broj autora prema polu (2018.-2021.)
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SI. 9. Pregled procentualnog u¢es¢a muskaraca i zena na konferencijama
ETRAN/ICETRAN u periodu 2018.-2021. god.
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ABSTRACT

The ETRAN conference is one of the oldest scientific gatherings in
Serbia, which has been organized continuously for 66 years. Its
international edition ICETRAN is now approaching its first decade of
existence. Both conferences are successfully organized by the
Society for ETRAN, whose collective members are all the most
important scientific and educational institutions in Serbia and the
Republika Srpska (BIH). The paper first presents the structure, as
well as key topics, which are discussed at conferences. Then, the
corresponding, characteristic statistical data on the number of papers
and authors were observed together. They were analyzed for three
periods, a broader one (last 26 years, 1996-2021), a medium-term
(last 9 years, 2014-2022), and a shorter one (last 4-5 years, 2018 —
2021(2)). The numbers of papers were analyzed in aggregate, but
also by individual conferences and in more detail by thematic
sections, while the data on the authors were related to the country
and the institution of employment, as well as to the gender of
researchers. It was concluded that these gatherings usually represent
the place of presenting the scientific results of researchers coming
from the academia (faculties and institutes) and that the presence of
the ones from industry, military, or healthcare is less noticeable.
Also, the largest number of participants is from Serbia, coming from
the three largest national universities. However, the international
component is also significant, through authors from 31 countries.
The participation of women has been improved, but it is still not
adequate and amounts to 30%. These data were the fundamentals to
discuss the future development of both conferences.

The ETRAN/ICETRAN ConferencesThrough Statistics

Vladimir A. Kati¢, Marko Jarnevi¢, Dragomir Nikoli¢,
Mirjana Jovanié
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Recent Advances on Perforated Panels for
Sound Absorption Applications

Jestis Carbajo, Nicholas Xuanlai Fang and Sang-Hoon Nam

Abstract—Perforated panel sound absorbers have become one
of the most promising passive noise control solutions not only
because of their excellent sound absorption performance but also
because of their high structural strength and durability. These
features make them an interesting eco-friendly alternative to
traditional porous fibrous media or foams, especially in those
scenarios implying aggressive environmental agents (e. g. strong
wind, heavy rain...) or severe working conditions (e. g. turbines,
jet engines...). Many engineering applications of these systems
can be found in practice ranging from noise barriers and room
acoustics conditioning to the design of muffler devices and MRI
scanners. This work briefly reviews the fundamentals of classical
perforated panel sound absorbers and reports some recent
advances in their use for sound absorption applications.

Index Terms—A coustics; sound absorption; perforated panels.

I. INTRODUCTION

Noise pollution is a problem of major concern because of
the harmful effects on human health and the negative impact
on the environment. In this context, the scientific community
together with industrial partners and public authorities are
working together on the development of systems that let
reduce noise. Among these, passive sound absorbers have
become one of the most-extended solutions, being the
perforated panel sound absorbers of great interest due to their
improved structural features when compared to conventional
porous media. Although generally used as a protective
covering for such media, when backed by an air cavity the
resulting panel system may work as an acoustic resonator for
sound absorption itself. To improve the low-frequency
absorption performance and absorption bandwidth of these
resonators, many authors have proposed different
configurations throughout the years. Maa [1] proposed the use
of panels whose perforations are sub-millimetric in size
resulting in the so-called Micro-Perforated Panel (MPP)
sound absorbers. Subsequently, he analyzed their wideband
capabilities by using double-layer MPP arrangements [2].
Some other examples are the study of perforated panels with
viscous energy dissipation enhanced by orifice design carried
out by Randeberg [3], taking advantage of the vibrational

Jesus Carbajo is with the Department of Physics, Systems Engineering and
Signal Theory, University of Alicante, Carretera San Vicente del Raspeig s/n,
03690 San Vicente del Raspeig, Spain (e-mail: jesus.carbajo@ua.es).

Nicholas X. Fang and S-H. Nam are with the Department of Mechanical
Engineering, Massachusetts Institute of Technology, Carretera San Vicente
del Raspeig s/n, 02139 Cambridge (Massachusetts), USA (e-mails: {nicfang,
shnam} @mit.edu).
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response of thin perforated panels [4], the use of multiple
sizes of holes investigated experimentally by Miasa et al. [5],
or the parallel arrangement of MPPs [6]. All of these and
many other studies served to a great extent as a reference to
further developments on this topic, a brief review of the
fundamentals of classical perforated panel sound absorbers,
and a summary of some recent works being the main aim of
this work.

II. CLASSICAL PERFORATED PANEL SOUND ABSORBER

A perforated panel typically consists of a flat rigid surface
with periodically arranged perforations such as circular holes
or slits, the attenuation of sound being produced by
viscothermal losses in these holes (i. e. viscous friction and
thermal conduction in the inner air of the perforations). When
backed by an air cavity and a rigid wall, a resonant sound
absorber is achieved. Let us consider the schematic
representation of a classical perforated panel sound absorber
as that depicted in Fig. 1. The sound absorption performance
of this perforated panel absorber for the case of circular
perforations is mainly determined by the radius of the holes,
R, the spacing between perforations, b, the panel thickness, d,
and the backing air cavity depth, D. Note that the spacing
between perforations can be directly related to the perforation
rate in the case of periodically distributed perforations by ¢ =
zR?*/b%. In brief, by reducing the radius of the holes the
absorption bandwidth can be widened, whereas an increase in
the panel thickness or the air cavity depth shifts the peak
frequency to lower frequencies.

N3
2R
t
b ]
- D
P Yoo e “
| |
z X d

Fig. 1. Schematic representation of a classical perforated panel sound
absorber. Left: frontal view. Right: lateral view.

Under plane wave incidence along the x-direction, the
acoustic impedance Z of the resonator system is given by
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Z =7, - jZycot(k,D). M

where Zpp is the transfer impedance of the perforated panel
and D is the backing air cavity depth, being Zy and ko the
characteristic impedance and wavenumber in air, respectively.

Once the acoustic impedance of the resonator is obtained, it
is straightforward to calculate its sound absorption coefficient
as

2 2

Z-Z,
Z+Z,

a=1-

Much research has been dedicated to determining the
transfer impedance of perforated panels throughout the years.
Based on early works by Crandall [7] and Rayleigh [8] on
sound propagation in narrow tubes, several authors have
proposed theoretical models that let predict the acoustic
behavior of the whole resonator system [9]. Some relevant
contributions are the end correction terms suggested by Ingard
[10] to account for the finite thickness of the panels, the
formulas for MPPs proposed by Maa [1], or the derivation of
an equivalent fluid model as that proposed by Atalla and
Sgard [11]. Moreover, some works have analyzed the acoustic
properties of perforated panels at high sound pressure levels
[12] or orifices under grazing flow conditions [13].
Unfortunately, the above models may present some
limitations for the analysis of complex configurations (e. g. a
panel with non-uniform perforations). Nevertheless, the high
development of computers over the last decades has paved the
way for implementations based on numerical methods such as
the Finite Element Method (FEM) that allow dealing with
those cases. Some recent examples are the use of
Computational Fluid Dynamics (CFD) models for the analysis
of tapered perforations [14] or the adoption of a full linearized
Navier-Stokes formulation for the analysis of a non-
homogeneous distribution of the perforations [15].

On the other hand, the acoustic characterization of such
absorbers is an essential task both to assess the validity of a
predictive model and to analyze extra dissipation phenomena
(e. g. the structural resonances). One of the most extended
methods to determine their sound absorption coefficient is the
transfer function method, whose measurement procedure can
be found in the ISO 10534-2 standard [16]. Alternatively, a
transfer matrix approach as that described in detail in the
ASTM E2611-09 [17] can be used to derive their transfer
impedance. Given that the estimation of these acoustic
indicators using a prediction model depends on a set of
geometrical parameters, it is also common to obtain the values
of the latter by using an optimization procedure (e. g. the
Nelder-Mead direct search method [18]) that let obtain the
best fit between the measured data and the theoretical
predictions.

III. INNOVATIVE PERFORATED PANEL SOUND ABSORBERS

Even though classical perforated panel sound absorbers

AKI1.1 - Page 2 of 4
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may show an excellent sound absorption performance, apart
from interesting aesthetical and structural features, there has
been some representative research over the last years that not
only show their great capabilities, but also the potential of
these devices to be used in diverse scenarios. A representative
selection of six of these research works is briefly outlined
next.

A. Parallel-Arranged Extended Tubes (PPET)

Perforated Panels with Extended Tubes (PPET) have been
reported to significantly improve the sound absorption in the
low frequencies. The use of extended tubes not only let
increase the “effective length” of the panel but also achieves a
wider bandwidth when combining parallel-arranged PPETs
with different cavities (see Fig. 2a). A theoretical
investigation into the performance of the PPET was carried
out by Li et al. [19], serving this analysis to obtain an optimal
design for practical application in the low-frequency range
(120-250 Hz). For this purpose, an optimization procedure
based on the simulated annealing algorithm was used to
derive a configuration of four parallel-arranged PPETs in a
constrained space of 100 mm. Experimental validation of the
proposed design was performed by manufacturing a prototype
which was tested using an impedance tube setup, results
showing a reasonable agreement when compared to
predictions.

B. Coiled Coplanar Air Chamber

Most perforated panel sound absorbers have a total
thickness comparable to the peak absorption wavelength, this
being a drawback when designing absorbers for low
frequencies. Li and Assouar [20] showed that by coiling up
space into the air cavity of the perforated panel absorber an
extremely low-frequency acoustic resonator can be achieved.
The absorber system consisted of a metasurface composed of
a perforated plate combined with a coiled air chamber formed
with solid beams as depicted in Fig. 2b. Simulations based on
fully coupled acoustic with thermodynamic equations and
theoretical impedance analysis were carried out to further
understand the underlying physic phenomena. The resulting
metasurface possessed a deep subwavelength thickness down
to a feature size of /223 achieving perfect sound absorption
at 125.8 Hz for a total thickness of the system of 12.2 mm.
Furthermore, perfect sound absorption was achieved at the
design target frequency. The high efficiency of this type of
structure and easy fabrication, when compared to labyrinthine
metasurfaces, encourages their use in many applications.

C. Perforated Honeycomb-Corrugation

Tang et al. [21] showed that an ultra-lightweight
sandwich panel with perforated honeycomb corrugation in
its core as shown in Fig. 2¢ can be an excellent sound
absorber. By using small perforations on the top face sheet
and the corrugation of a sandwich panel in the inner cavity,
an improvement in both the sound absorption within the
frequency band 250-2000 Hz and the mechanical
performance of the structure (stiffness and strength) was
achieved. Additionally, a theoretical model for sound
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absorption was used to show that wideband sound
absorption performance can be also achieved if multiple
acoustic resonators are introduced. The resulting multi-
functional structure showed to be promising for many
engineering applications requiring lightweight
constructions with both great acoustic and mechanical
properties.

D. Compressed and Micro-Perforated Metal

As an alternative to typical perforated panels, Bail et al.
[22] proposed a panel fabricated by compression and micro-
perforation of a porous metal. The compressed and micro-
perforated porous metal panel absorber let achieve better
sound absorption than the un-compressed porous metal or a
simply micro-perforated spring steel panel. A fourth-order
polynomial function was proposed to express the
superposition  absorption effect resulting from the
simultaneous action of the porous and micro-perforated
structures. An analysis of the micro-morphology (see Fig. 2d)
of the fabricated panel samples provided intuitive
explanations of the improvement, which was attributed to the
irregular micro-vias from the micro-pores to the micro-
perforation.

E. Panel with Oblique Perforations

A perforated panel design that uses perforations aligned
obliquely to the panel surface as illustrated in Fig. 2e was
proposed in a recent work by the authors [23]. Similar to the
PPET, an increase of the “effective length” of the panel allow
both improving the low-frequency sound absorption and
dealing with limiting space constraints common in many
practical scenarios. In doing so, not only a frequency shift of
730 Hz of the resonance frequency of the absorber towards
low frequencies can be achieved but also an increase in the
peak absorption amplitude provided the geometrical
characteristics of the panel are properly chosen. A simple
predictive model that relies on the fluid-equivalent theory was
developed to investigate the acoustic properties of these
absorbers, modified expressions for the geometrical tortuosity
and flow resistivity being proposed. Measurements in an
impedance tube over additive manufactured samples
confirmed previous assertions showing a good agreement
when compared to prediction data. Unlike coiled or
labyrinthine solutions avoids addressing the air cavity design,
which may pose an advantage in terms of further development
for practical purposes.

F. Graded spherical perforations

In a recent work by Sailesh et al. [24], the influence of
spherical bubble perforations and their grading was
investigated by preparing different samples with 3D printed
biodegradable material. Both the sound absorption and sound
transmission performance of these panel designs were
assessed by using the impedance tube method and finite
element numerical simulations (see Fig. 2f). Results for
different sizes of the spherical bubbles and different types of
patterns of graded perforations revealed an enhanced sound
absorption performance in the low-frequency range up to
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1000 Hz. The authors suggest that these solutions can be
effectively used in soundproofing applications in the building
and transportation sectors.

Rigid backing

(a)
1 TN
(¢

.
o)

—

(e) ®

Fig. 2. Innovative perforated panel sound absorbers: (a) parallel-arranged
extended tubes (PPET) [19]; (b) coiled coplanar air chamber [20]; (c)
perforated honeycomb-corrugation [21]; (d) compressed and micro-perforated
metal [22]; (e) panel with oblique perforations [23]; and (f) graded spherical
perforations [24].

IV. CONCLUSION

In summary, perforated panel sound absorbers show higher
durability and structural strength capabilities than
conventional porous media. These advantages make these
resonator systems provide a wide range of possibilities in
many research fields and disciplines of engineering. On the
other hand, the incessant development of additive
manufacturing techniques poses a new scenario for the
conception of innovative designs like those reviewed in this
work. In this regard, it may turn out of great interest to also
develop new characterization procedures and perhaps to
define additional absorption performance indicators. All the
same, there is still a need for cost-effective fabrication
processes that ease these fabrication procedures to be more
extensively adopted in practice. Extending these techniques
into the acoustic materials industry will presumably be a
challenge to be faced in the forthcoming years.
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Real-time Speaker Independent Recognition of
Bimodal Produced Speech

Boris Mal¢i¢, Vlado Deli¢, Jovan Gali¢ and Nebojsa Babi¢

Abstract—This paper presents the initial results in recognition
of neutral speech and whispering in real-time, independent of a
spea er. The speech database used for training is Whi- pe. The
system for training and testing is based on the phin -4
recognition platform. The e periments in recognition showed
average recognition accuracy of .2  (for normal speech) and

.2 (for whisper). Compared to the recognition in controlled
conditions, significant drop of the performance is observed in
real-time recognition, for both speech modes.

eywords— peech recognition; Whi- pe speech database;
phin -4; whispered speech.

. INTRODUCTION

Recent advances in automatic speech recognition (ASR)
systems have brought many benefits in man-machine speech
interaction. Despite good performance in controlled
conditions, relatively high sensitivity in adverse conditions is
the main reason for low robustness and poor use in real-life
scenarios [1-2]. Speech technologies are intended for
commonly used modes of speech, i.e. normally phonated
speech (normal speech). Other speech modalities include
shouted speech, louder speech, soft speech and whisper. The
parameters for distinction of these 5 modes are sound pressure
level (SPL), sentence duration and silence percentage, frame
energy distribution and spectral tilt [3]. Whispered speech is
pronounced as an alternative to neutral speech for a number of
reasons: when someone does not like to disturb others, when
loud speech is prohibited or unpleasant, when the information
to speak is secret, when someone wishes to hide identity etc.
Also, whispered speech can be produced due to health
problems (laryngitis or rhinitis) [4]. Whisper as a speech
mode is characterized by a lack of glottal vibration, noisy
excitation of the vocal tract and in general, the changes of the
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vocal tract structure. Recent studies demonstrated
performance gain in whispered speech recognition using data
augmentation techniques [5-6], denoising autoencoders [7], as
well as voice conversion [8].

The goal of the research study presented in this paper is to
present initial results in real-time speaker independent
recognition of bimodal produced speech (isolated words in
neutral speech and whisper) for Serbian. The ASR system for
training and testing is based on CMU Sphinx platform [9].
The remainder of this paper is organized in the following
manner. In Section 2 a short overview of Hidden Markov
Models (HMM) is given. Section 3 presents a speech
database, the training of the ASR system and experiment
setup for testing. In Section 4 we give results of experiments
as well as its discussion, whereas concluding remarks and
direction for future studies are stated in Section 5.

Il. HIDDEN MARKOV MODELS

Modern ASR systems are inconceivable without Markov
models that are combined with a model of a mixture of
Gaussian distributions, or with deep neural networks that have
become increasingly popular in recent times. The HMMs have
become one of the most useful statistical methods for
modeling speech signals [10]. Moreover, HMM is often
defined by a parameter set A = (A, B, ) where are denoted: a
transition probability matrix as A =[a;]; an output
probability matrix as B =[b(m)], b;(m) =PX, =
om| x; = J); and an initial state distribution matrix as w =
[7;]. Furthermore, with a fully connected (ergodic) HMM,
transition from any state to any other state is possible. On the
other hand, due to the dynamic nature of the speech signal, in
modern ASR systems, the serial structure dominates in which
transition is possible only to a state with the index higher than
the current one. An example of such structure is shown in Fig.
1 where the inactive states (null states) are shaded and located
at the beginning and at the end of the sequence, while the
output (ultimate) probabilities at the final moment ¢ = T (we
observe a series of T feature vectors) are defined by n; =
P(xr =j),1 <j<M,n;+ XL a; = 1,Vj for acertain state
sequence X = {x;, x5, ..., X7 }.

In HMM-based speech recognizers, model parameters can
be obtained using the Viterbi algorithm in training and the
expectation maximization (EM) algorithm. Improved values
are obtained by the EM algorithm using the method of
Lagrange multipliers to determine the local extremum of a
multivariate function. This procedure is called the iterative
Baum-Welch (BW) training algorithm. Moreover, it is
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important to emphasize that the BW algorithm does not
guarantee reaching a global maximum but only a local one,
and the iterative procedure is repeated while the joint
probability of training data increases.

In order to be able to apply the previous discrete HMM
methodology for speech signal recognition, continuously
distributed HMMs have been introduced where the
probabilities of emitting discrete symbols are changed as a
function of the probability density of observations. Since the
probability density function of any random variable can be
approximated by the sum of N Gaussian random variables, the
multivariate Gaussian mixtures are used in HMM recognizers.

Fig. 1. An example of the serial left-right topology with 3 active states
without the possibility of skipping a state

I1l. SYSTEM FOR RECOGNITION

A. Speech database

There are a relatively small number of languages with
available speech databases created in modes other than neutral
[11-13]. The Whi-Spe database was created for research
activities needed for human-machine interaction in Serbian for
bimodal produced speech [14]. In its initial form, the database
contains recordings of 50 different words from 10 speakers (5
female and 5 male). The vocabulary of 50 words is divided in
three groups: basic colors (6 words), numbers (14 words) and
phonetically balanced words (30). Each word is repeated 10
times in both speech modes. Finally, the database includes
10.000 utterances (wa records) in a total duration of 2 hours.
The sampling frequency of speech samples is 22050 Hz and
16 bits per sample (mono PCM wa format). More details
about the database (recording, segmentation procedure,
labeling and quality control) can be found in [14].

B. AS training system

The task of the automatic speech recognition system (ASR)
is to extract words from the speech signal in the order in
which they are spoken. The block diagram of the ASR system
based on HMM is shown in Fig. 2. Moreover, in section IlI c.
we present a graphical interface of our program implemented
in Java, and based on Fig. 2. First, in the feature extraction
block, the speech signal is transformed into a series of feature
vectors. The task of the feature extraction block is also to
eliminate various variations caused by changes in speakers,
ambience or channels. The task of the recognizer is to find the
sequence of words that (according to a predetermined
criterion) best corresponds to what was actually said.
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Acoustic model

—_—\ Feat r' Language
Inout speech signal | EXtraction of feature eature model
putsp 3 vectors vectors./ i

Vocabulary

Speech Recognizer

Fig. 2. The operation principle of a general ASR system

From a statistical point of view, the recognizer finds a
string (i.e. W = wy, wy, ..., wy,) of M words which maximizes
a posteriori probability P(W|X) where X = x,x,, ..., xp IS
an array of 7 features. Namely, the language model describes
the relationship between words taking into account the
grammar of the language for which the recognizer is intended,
while the description of the statistical point of view of speech
behavior in the feature vector space is presented with an
acoustic model. In ASR systems, the basic units for modeling
are phonemes, and from their point of view in speech
communications, the smallest acoustic unit that a person can
perceive is a phoneme. In context-independent recognition,
each phoneme is modeled independently, and that modeling
unit is called a monophone. However, due to coarticulation,
the pronunciation of a particular phoneme largely depends on
neighboring phonemes, and then triphones (rarely biphones)
are usually used, which are derived using the monophones in
a way which takes into account the previous and next
phonemes. When using the same, there is a need for a huge
training database, which is also one of the main disadvantages
of using triphones, and due to the relatively small Whi-Spe
database used in this research paper, we only were able to
train the acoustic model using the monophones.

Furthermore, let us now mention that speech recognition is
divided into two phases: 1%t phase of system training, 2"
phase of speech recognition or system testing. Common to
both of these phases is that they need to perform feature
vector extraction. In doing so, the feature vector should
describe as adequately as possible the envelope of the
amplitude spectrum of the spoken phoneme, because the
information about the spoken phoneme is precisely contained
in that envelope. In the training phase, we divided speech into
frames (smaller segments) of 25 ms duration within which the
speech signal can be considered quasi-stationary. Also,
adjacent frames are shifted 10 ms to better track changes in
the speech signal spectrum. The most commonly used features
in speech recognition are the mel-frequency cepstral
coefficients (MFCCs), and Fig. 3 presents the block diagram
for the extraction of MFCC feature vectors.

Input speech

—»| Preemphasis [P

Framing
{Overlaping)

Windowing Fast Fourier

(e.g. Hamming) B Transform

Delta Log Energy

MEFCC and Delta-Delta CMS 4 DCT 4 {e.g.MEL Scale)
s <

Fig. 3. Process for the MFCCs feature vector extraction
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Fig. 3. depicts that several steps need to be performed in the
processing chain to extract MFCCs from the input speech
signal. Some of these steps are Fast Fourier Transform (FFT)
over speech signal frames. Next, the signal spectrum is passed
through a filter bank (describing the operation of the basilar
membrane) whose filters are distributed evenly on the mel-
frequency scale. Furthermore, Discrete Cosine Transform
(DCT) replaces inverse FFT and is used to calculate cepstral
coefficients because the speech is a real signal and its
amplitude spectrum is an even function. Then, to increase the
robustness of the system, normalization with Cepstral Mean
Subtraction (CMS) is performed, because by subtracting the
mean value from Cepstral coefficients, a significant separation
of excitation and transfer function of the vocal tract is
achieved. This procedure is very useful in whisper
recognition. Finally, with the last block in the processing
chain on Fig. 3 we single out the dynamic features using
which are better monitored the time characteristics of the
speech signal, and that achieves less correlation between
adjacent frames. For this purpose are used the so-called delta
(A) features that represent the first derivative (rate of feature
change) of static features, and also the delta-delta (AA)
features that are obtained as a second derivative and represent
the acceleration with which static features are changed.

In order to train the acoustic model for CMUSphinx, we
followed in detail the procedure described in [15]. First,
following the procedure all the necessary files (an4.dic,
and filler, an4.phone, an4 train.fileids,
an4 train.transcription) for training are created. For that
purpose, the phonemes used in training the acoustic HMM for
Serbian are presented in Table I. Next, in Table I phonemes
{CC, CH, Dj, DZ, SH, ZH} are in Serbian {C, C, b, Dz, §,
7}, and the notation Y is used for the phoneme SCHWA.
Furthermore, an example of the phonetic transcription for
only three words (of all 50 words in the Whi-Spe that are used
in the process of training for the Serbian ASR system), is
shown in Table II.

TABLE |
PHONEMES USED FOR MODEL TRAINING
AlB|c|cc|cH|D]|Dj|Dz
E[F|[c|H |1 [J]K]|L
L M[N[N[O[P[R] S
SH| T|u|Vv ][Y |[Zz]zH]SIL
TABLE I

AN EXAMPLE OF PHONETIC TRANSCRIPTION FOR THREE WORDS

Word Phonetic transcription
CRNA CYRYNA
TRI TYRI
ZGRADE ZGYRADE

Second, we prepared the directory an4 (i.e. our appropriate
directory where we created the wa subdirectory inside which
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are all wa records). In our case, 10,000 wa records are used
from the training Whi-Spe database. After that, using the
terminal, we positioned into the an4, and executed the
command sphin train -t an4 setup.

The previous command created a subdirectories an4 and
feat in the directory an4 and the subdirectory feat was not
visible in the file system, but it was visible in the terminal
which could be checked with the commands 1Is and/or la.
Please note that in relation to the steps of the official
instructions, it is important that in the etc directory (created
previously) from our database (which we called an4) we store
all the necessary files for training, namely: an4.dic, an4.filler,
and.phone, and train.fileids, an4 train.transcription,
sphin  train.cfg. Next, be sure to create a wav directory in the
directory of the database (an4), and place in it all wav records.
Furthermore, we need to modify the configuration file
(sphin train.cfg) by replacing the following lines (paths) in
the configuration file:

CG A DI

source an4 ;

CG PI T AI DI
user Des top sphin -source sphin train ;

home user Des top sphin -

home

Also, in the configuration file we need to set

(yes no) Train conte tually dependent models
CGCDT Al no ;

Moreover, this previously modified sphin train.cfg, and all
other files from the etc file within and4, should be copied and
moved to the etc folder within the folder home
user Des top sphin -source sphin train. Finally, after all
the previous preparation steps, we started the model training
by calling perl scripts. Specifically, we go to the terminal in
the sphin train folder which is inside the sphin -source
directory (within that directory there are also an4, sphin base
and poc etsphin directories which we prepared earlier).
Next, we observed that differences in github’s sphin train
versions manifested by writing keyword scripts instead of the
original scripts pl in the training commands, and by
changing the numbers of perl scripts equivalent to those in the
training internals sections [15], so for example instead of the
command perl scripts pl 1 .vector quantize slave. .pl
now it is necessary to write sudo perl scripts
S.vector quantize slave. .pl. The previous is mentioned
because we pulled the edge CMU Sphinx toolkit packages
from github, and not used the recommended (5prealpha)
releases [16].  Finally, after being positioned in the
sphin train directory, we executed the following commands
in terminal for model training:

user ubuntu Des top sphin -source sphin train
sudo perl scripts .comp feat slave feat.pl
user ubuntu Des top sphin -source sphin train

sudo perl scripts -verify verify all.pl
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user ubuntu Des top sphin -source sphin train
sudo perl scripts S.vector quantize slave. .pl
user ubuntu Des top sphin -source sphin train

sudo perl scripts 2 .ci hmm slave convg.pl.

After executing the last command, we got the parameters of
the Context Independent (CI) trained model as in Fig. 4.

Fig. 4. An example of output CI training in the Ubuntu 20.04.3 LTS terminal

To sum up, we finally created new directories in an4, such
as the model parameters directory within which is located
directory and.ci cont containing 7 files obtained during the
training  process, i.e.. featparams, mdef, mean,
mi weights, noisedict, transition matrices, variances.
From the feat.params file is visible the number of filters in
filterbank is 25. Then, as a feature vector, a 39-dimensional
dynamic feature vector is used (13-static + A + AA). The
number of Gaussian mixtures is 8. For each utterance, cepstral
mean normalization (cmn) is performed. The number of
monophones is 32 (of which 30 corresponding to the 30
phonemes in Serbian, then phoneme SCHWA and silence -
SIL). As a result, the models of monophones are initialized
with global mean value and variance (flat-start initialization).
These all files in and.ci cont represent the Cl continuous
HMM that will be used in the following section by the
application for the process of testing.

C. AS recognition testing system

Fig. 5. shows the main window of the interface. Labeled
with numbers, the components are as follows: 1. Main menu,
2. The list of words available in the model but left out, 3. The
list of words chosen for the test, 4. Buttons for managing lists
2 and 3, 5. Most commonly used commands available in the
main menu, 6. Output console, and 7. Console-related
commands.

The main menu holds all options needed to run the test,
load the language model, overview of the used grammar and
management of extra words and sentences for the test. The
application is packaged with the language model, but also any
other compatible language model can be tested through the
application. By default, the list of available words is displayed
using the language model’s dictionary.
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When loading the custom model, the user can choose
whether to use a grammar definition instead of relying on the
language model.

Fig. 5. The main window of the interface

As the list of available words loaded from the dictionary
cannot match any but the most basic of grammars, the user
can load sentences to use in the test. Each loaded sentence file
is treated as a group of sentences where each sentence is one
line in the text file. Each loaded file has the box () icon next
to the name to indicate that the selected keyword is actually a
container of multiple test entries.

When the user wants to run a test, they have an option of
shuffling and/or repeating the words multiple times. The user
can also decide to save logs into a file instead of relying on
the console for the test results. The console will show the
results regardless of this setting. When performing many
consecutive tests with the same settings, the user can instead
provide the configuration through a file. When the file
testConfig.t t is provided in the same directory as the
application, the test settings step is skipped.

The test process screen is shown on Fig. 6. The test process
aims to be as simple as possible. The left side of the window
shows the instructions of what to pronounce. On each
pronunciation, the next word or sentence is shown. The test
can be stopped at any time for partial results. The right side of
the window shows the test result logs. On each pronunciation,
a line with a timestamp, the detected and the correct word will
show. When the test is finished, the statistical result will also
show, stating the overall accuracy. The console output can be
saved or cleared at any time using the buttons below the
console.

Izgoverite:

DEVET

Fig. 6.  The application window in the testing phase
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IV. RESULTS
i TABLE IV
The accuracy and. correctness (.)f SpeeCh. recognition are RESULTS OF SPEECH RECOGNITION ON MALE EXAMINEES FOR DIFFERENT
tested on 10 people, i.e. 5 male testing examinees enumerated SCENARIOS
as {M1, M2, M3, M4, M5}, and 5 female examinees marked
as {F1, F2, F3, F4, F5}. All the above respondents Examinee ML M2 M3 M2 M5

pronounced the words from Whi-Spe. The testing was
performed in a room with SPL of 30-35 dB(A).

For this purpose, first the parameters of the HMM trained
on the entire Whi-Spe for the normal speech, are loaded into
the application, and then the testing scenario is repeated for
the whisper speech. Exactly, these models are tested on all 10
examinees and this scenario is denoted as full. Then, we
tested a new scenario denoted as match in which the
parameters of HMMSs were obtained by training only over part
of the Whi-Spe (i.e. only on female male speakers in the
database), and the obtained models for normal speech (n) and
whisper (w) are tested only on 5 female male respondents,
respectively. For all those models 8 Gaussian mixtures were
used in the configuration file for the training. Next, for all
different scenarios (n full, n match, ... w_match), the
obtained corresponding results for the accuracy (4cc ), and
the correctness () are calculated in Table Il and in
Table 1V, using the following expressions[17]

Corr[%] = 1222

x 100%, 1)
Acc[%] = "= X 100%, )

where: N is the total number of words in the reference
transcriptions, is the number of deletion errors, S is the
number of substitution errors, and 7 is the number of insertion
errors in each of the tested HMMs. From Table I it is
calculated the mean value of recognition accuracy
(Acc_n full) of 86.4% with a mean absolute deviation (MAD)
equal to 3.52% in the case of normal speech recognition on
female examinees in the case of a full scenario (i.e. n full),
while for the whisper speech the mean Acc_w full is 62.8%
with the average correctness (Corr_w full) of 90.8%.
Furthermore, from Table IV, the mean of Acc_n match is
88% (mean value of Corr_n match is 93.6%) with MAD =
4% for testing the male examinees of normal speech for the
matched (i.e. trained on utterances of male speakers, and
tested on male examinees) case.

TABLE Il
RESULTS OF SPEECH RECOGNITION ON FEMALE EXAMINEES FOR DIFFERENT
SCENARIOS
Examinee F1 | F2 | F3 | F4 | F5

Acc_n full [%] 88 | 84 | 92 | 80 | 88
Acc_n match[%] | 74 | 88 | 74 | 70 | 62
Acc_w full [%] 70 | 64 | 72 | 54 | 54
Acc_w match[%] | 50 | 58 | 66 | 56 | 60
Corr_n full [%] 90 | 84 | 94 | 82 | 94
Corr_n match [%] | 86 | 92 | 88 | 84 | 92
Corr_w full [%] 72 | 64 | 76 | 60 | 70
Corr_w match [%] | 58 | 72 | 74 | 68 | 78
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Acc_n full [%] 94 | 84 | 88 | 74 | 90
Acc_n match [%] | 84 | 86 | 84 | 94 | 92
Acc_w full [%] 76 | 58 | 72 | 62 | 80
Acc_ w match[%] | 76 | 76 | 82 | 62 | 80
Corr_n full [%] 98 | 94 | 90 | 78 | 94
Corr_n match[%] | 94 | 94 | 88 | 96 | 96
Corr_w full [%] 80 | 62 | 76 | 68 | 80
Corr_w match[%] | 80 | 84 | 8 | 64 | 88

Next, in the matched case for recognizing males’ whispers
the mean correctness is 80.4% with MAD = 6.72% and word
error rate (WER) of 24.8%. Of course, in the case of the larger
(with more different speakers) training database it would be
logical to get better testing results in the match case, but for
our research the relatively small Whi-Spe database was only
available. Moreover, there is an evident reduction in real-time
recognition accuracy compared to the controlled conditions
(quiet environment and same recording equipment) in closed
set speaker independent recognition based on HMM where
accuracy was 98.3% (for neutral speech) and 96% (for
whisper) [18]. As well, recognition of whisper in real-time is
with significantly lower success than recognition of neutral
speech. As can be seen from results in Tables 3 and 4, average
recognition rate (accuracy and correctness) is higher for male
speakers, but this is not statistically confirmed, despite the
same training database. Variations among different speakers
are high for both speech modes. For the determination of
statistically significant parameters which contribute to high
deviation of performance among speakers, a higher number of
speakers is needed.

V. CONCLUSION

Speech recognition of mode other than neutral is by all
means a serious challenge for modern ASR systems. In this
paper, the experiments on real-time speech recognition in
normal and whisper mode for Whi-Spe speech database and
HMM algorithm, are conducted. Obtained results suggest that
for recognition in real world scenarios, the larger speech
database is needed for training. Future studies will be focused
on the analysis of data augmentation techniques in multimodal
speech recognition. Finally, the further research will also be
based on deep neural networks (DNNSs) because using n-gram
language model from randomly initialized DNN with lattice-
free maximum mutual information is possible WER relative
reduction around 25% with respect to the best HMMs based
ASR system [19].
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Feature Analysis for Industrial Product Sounds
Using Discrete Meyer Wavelet

Abstract—The process of wavelet decomposition into
approximation and detail coefficients is used in many research
fields, especially when signal de-noising is in focus. Extraction of
features of different signal types is also an area where wavelets
are often mentioned. Different wavelet families provide
interesting results in feature analysis and further classification.
In that regard, a wavelet that has attracted a significant interest
is discrete Meyer. This paper presents the usage of discrete
Meyer wavelet for feature analysis of industrial product sounds.
More than 100 sounds of 6 different industrial products are
tested. The most representative results are given here.

Index Terms—Audio feature analysis; Discrete Meyer wavelet;
Approximation coefficients; Detail coefficients; Industrial
product sound.

I. INTRODUCTION

Wavelets are often mentioned in literature as an algorithm
that solved some problems in the Fourier transform [1-2]. If
short time Fourier transform (STFT) and wavelet algorithms
are compared, the window function are used in both cases for
purpose of analysis and processing of signals. However, in the
case of wavelets, window function is not of a fixed size.
Width of the wavelet window can be changed as the transform
is computed for every single spectral component, and that is
the main difference in comparison with STFT [1-2].

Applicability of wavelets can be considered to be one of
their advantages since a number of applications are made
based on the wavelet algorithms. Some of them include echo
cancelation, noise control, speech recognition, de-noising of
audio and image signals, unknown system detection and
others. Applications can be found in different fields, such as
biomedical  engineering,  telecommunications,  signal
processing, computer engineering, etc [3-6].

The process of wavelet decomposition into approximation
and detail coefficients (Fig. 1) is often used nowadays in
feature extraction and analysis. Authors of this paper already
presented the results of feature extraction method using
wavelets for DC motor sounds in [7-9], where focus is on
differences between non-faulty and faulty motors. In that
regard, a lot of wavelet families are used, such as Haar,
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Daubechies,  Coiflet,
biorthogonal and Meyer.
In the discrete wavelet processing, the decomposition
process is done using the discrete wavelet transform (DWT),
(see Fig. 1). This process is based on the use of low-pass (LP)
and high-pass (HP) filters. Here, “A” stands for the
approximation coeffi