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Vychodiska projektu

Projekt navazuje na predchazejici projekty SV PdF 2123/2011, SV PdF 2129/2012 a SV PdF 2131/2013, a vychazi
z dosavadnich vysledk{l akustickych mé&feni a zjisténi, Ze jak nové uebny, tak rekonstrukce stavajicich, jsou projek-
tovany v rozporu s CSN 73 0527 Akustika - Projektovani v oboru prostorové akustiky - Prostory pro kulturni ucely -
Prostory ve skoldch - Prostory pro vereiné ucely, bez akustickych Uprav, s dobou dozvuku prekracuijici stanovené
tolerancni pole a pfevahou dozvukové energie na nizkych frekvencich. Dilci vystupy prolektu SV PdF 2130/2013 na-
sledné ukazaly, ze vysledky méreni podle CSN EN 60268-16 Flektroakustickd zarizeni - Cast 16: Objektivni hodnoceni
srozumitelnosti reci indexem prenosu feci, jsou pro hodnoceni poslucharen nepriikazné. TéZ tvorba pracovniho pros-
tredi, v kontextu CSN EN ISO 9001 Systémy managementu kvality - PoZadavky, ¢l. 6.3 Infrastruktura a 6.4 Pracovni
prostiedi a vyhl. MMR ¢.137/1998 Sb. a MZ ¢.108/2001 Sb. je v podstaté nulova.

Postup pri reseni projektu

Po schvaleni projektu jsme realizovali dalSi vstupni akustickd méfeni v ucebnach s predpokladanou nevyhovuijici
akustikou (C2, C4), v poslucharmé s velkym ozvuCovacim systémem (J1) a v ucebnach s nestandardnimi rozméry
(E11 s extrémné malou vyskou, IX.A a IX.B s vySkou 6 m). Méfeni v ucebnach C2 a C4 prokazalo, Ze po odstranéni
plvodnich akustickych Uprav (kazety Akulit na zadni sténé C2, tlumeni nékdejsiho TV studia C4), doslo k vyraznému
prodlouzeni doby dozvuku na 2,6/3,8 s. Primérna hodnota indexu prenosu feci byla 0,54 pro pfimé méfeni s budici
hladinou L, = 70 dB/1 m a 0,52 pfi méfeni pres ozvucovaci systém. Méfeni v poslucharmné J1 (aula FIM) ukazalo na
neo(:ekévany a zcela zasadni problém - totalni parametrickou nestabilitu bezobsluzného ozvucovaciho systému. Sys—
tém neni odolny proti akustické zpétné vazbé a pouZity procesing se vyznacuje skokovymi zmeénami signalove urov-
né a omezenim vysSich frekvenci. Méfeni a vyhodnocem bylo provedeno v souladu s normami CSN IS0 5725-2 Pres-
nost (spravnost a shodnost) metod a vysledkd merven/ - Cdst 2: Zakladni metoda pro stanoveni opakovatelnosti a
reprodukovatelnosti normalizovane metody mereni. CSN 1SO 1996 Akustika - Popis, mefeni a hodnoceni hluku pros-
tred;; CSN EN 1SO 3382-2 Akustika - Meveni parametrd prostoroveé akustiky - Cast 2. Doba dozvuku v béZnych pros-
torech;; CSN EN 60268-16 Flektroakusticka zarizens - Cast 16: Objektivni hodnoceni srozumitelnosti reci indexem pre-
nosu feci: CSN 1SO 2602 Statisticka interpretace vysledkd zkousek, odhad primery, konfidencni intervala CSN ISO
2854 Statistickad interpretace udajid: Odhady a testy strednich hodnot a rozptyld.

Abychom pro pfimé zjistovani srozumitelnosti méli ekvivalentni budici signal se 100% opakovatelnosti (stejné jako
STIPA), byly ve studiu Ceského rozhlasu Hradec Kralové vyrobeny nové verze logatomickych testd, jejichz autorska
prava vlastni PdF UHK. Ve studiu CRo HK jsme si ovéfili, Ze dosahovany index prenosu feci, jak v samotném studiu,
tak pres studiovy fetéz, se v ramci chyby méfeni pohybuje v hodnotach 0,99-1 a je zajisténa 100% logatomicka po-
znatelnost vsech tfi testl. OrientaCni zkousky srozumitelnosti s omezovanim Sitky prenaseného pasma potvrdily nas
predpoklad, Ze pouziti digitalniho audioprocesingu bude pfi stejné Sifce prenaSeného pasma pfinaSet rozdilné vysled-
ky, a to podle pouzitych strmosti filtr(. Analyzy, provadéné ve spolupraci s akustickymi laboratofemi FEL ZCU v Plzni,
ukazuii, Ze bude nezbytné prehodnotit viiv Sitky pfenaseného pasma na srozumitelnost v zavislosti na spektralnim
slozeni formantovych oblasti. Frekvencni rozsah, uréeny standardnim postupem, nema u digitalniho audioprocesingu
dostatecnou vypovidaci hodnotu o energetickém obsahu nad horni mezni frekvenci. Nové byly vygenerovany signa-
lové testy STIPA pro rlizné sitky pasma, rlizné strmosti filtrl a s proménnym podilem dozvukové slozky, vytvarené
pIné programovatelnym profesiondlnim reverbem Lexicon®. Ta se projevila jako klicové omezeni mé&feného indexu
prenosu fedi. Nasledné bylo provedeno méfeni v distanéni vzdalenosti 3 m (prostor Vo = 51 m>, doba dozvuku Ty =
220 ms, s pouzitim normované metody dle CSN EN 60268-16 tlakovym snimacem NTi M2210, nasledné vinovym
snima¢em ME36 a dvojici gradientnich snimac MD441, které se smérovymi charakteristikami priblizuji binauralnimu
poslechu. Namérené hodnoty 0,77/0,79/0,84 ukazuji na nezanedbatelny vliv smérového slyseni.



Dosazené vysledky

Zpozdéni stavebnich praci na budové C a s tim spojeny hluk byly pficinou, Ze dil¢i logatomické testy realizovany pou-
ze v pronajatém simulacnim prostoru se skupinou péti posluchacdl. MéFeni indexu prenosu feci pro rlizné typy zaficd
(NTi TalkBox, RS711H, DPT208 - solo, V2, 2x16, 4x8, ARS7500 3><6) a rlizna nastaveni salovych korekci nevykazo-
valo vyrazné zmény, naméFené hodnoty se pohybovaly v rozmezi 0,45-0,59, coZ odpovida kvalitativnim pasmim H-
E dle CSN EN 60268-16 a prepocitané srozumitelnosti CIS 62-79 %. Logatomicka poznatelnost se pritom pohybovala
v rozmezi 55-92 %. PFiznivéjSich hodnot bylo podle predpokladli dosahovano u zaficl s velkou smérovosti a pouziti
tzv. dialogového (fecového) filtru s potlacenim frekvenci pod 150 Hz a zdvihem formantové oblasti.

V ramci Ucelové navyseného rozpoCtu projektu byla zpracovana akusticka studie a navrh akustickych Uprav ucebny
E1l. Jednd se o problematicky prostor, ktery jiz primarné nesplﬁuje stavebné-technické pozadavky a nemél by byt
jako ucebna pou2|van Z nékolika variant bylo nakonec vybrano feseni, které pfi zapoctenl energetické bilance spek-
tralniho slozeni feci bude vyhovovat pozadavk@m CSN 73 0527 a nebude snizovat jiz beztak nedostate¢nou svétiou
vysku ucebny. Findlni navrh reseni prostorové akustiky ucebny E11 zpracoval Ing. Martin Schlosser za supervize Ing.
Oldficha Turecka, Ph.D., je prilohou této zpravy. Po realizaci Uprav bude provedeno ovéfovaci méfeni, logatomické
testy a v pripadé zajmu i navrh, nastaveni a ovéreni ozvucovaciho systému.

Vystupy projektu

V ramci feSeni projektu byly zpracovany nasleduijici publikace (vydavatelské verze jsou uvedeny v pfiloze):

ID 43869700 - vysledek kategorie D

DRTINA, R. - LOKVENC, J. - SEDIVY, 1. STIPA method in public adress sound systems and voice alarm systems.
Part 1: The theoretical basis and the reference speaker. Trans Tech Publications. Advanced materials research.
2015, s. 570-573. ISSN 1022-6680.

ID 43869701 - vysledek kategorie D

DRTINA, R. - LOKVENG, J. - SEDIVY, J. - CAKORA, L. - KONVALINA, J. - VRBA, L. STIPA method in public adress
sound systems and voice alarm systems. Part 2: Conversion curves and banawidth effect. Trans Tech Publications.
Advanced materials research. 2015, s. 574-580. ISSN 1022-6680.

Prehled realizovanych vydajti

a) osobni naklady nebyly pro administrativni narocnost a nutné odvody narokovany, vyroba logatomickych testt byla
financovana z prostredkd institucionalni podpory VaV KTP.

b) po schvaleni zmény v rozpoctu byla navySena Castka na stipendia na 11 900 K¢. Stipendia byla pfiznana studen-
tlm ID 24544 Lukas Cakora, ID 27486 Jan Konvalina, ID 27584 Lukas Vrba za pomoc pfi feseni Ukolu, zejména
za pripravu méfeni, transport a montaz méfici techniky, programovani DSP, méfeni prenosovych charakteristik,
sumarizaci dat frekvencnich a pripravu podklad{l pro publikacni vystupy.

) po schvaleni zmény v rozpoctu byly materidlové naklady 56 992 K¢. Méfici technika byla doplnéna o gradientni
snimace MD441, ochrany snimaci MZW a mé¥ici predzesilovac. 5

d) vydaje na sluzby, ve vysi 35 799 K¢, zahrnuiji prondjem méficiho prostoru, prondjem studia CRo HK a Castecné
kryti provoznich nakladd z pronajmu méfici techniky a akustickych laboratori FEL ZCU.

e) konferencni poplatky dosahly vyse 22 810 K¢. Oba ¢lanky budou publikovany zacatkem roku 2015.

g) planované cestovni naklady nebyly vyuZity, v ramci schvalenych zmén rozpoctu byly presunuty do jinych polozek.

Pridélena dotace ve vysi 127 500 K¢ byla po schvalenych zménach v rozpoctu projektu zcela vycerpana. Se souhla-
sem oddéleni VaV PdF byly, z dlivodu Uspory financnich prostfedkd, financovany DPP pro vyrobu logatomickych tes-
t z prostredk institucionalni podpory VaV. Podrobny prehled ¢erpani je uveden v tabulce 1.

Zavér

Dosazené vysledky do znacné miry potvrzuiji spravnost vychozich predpokladl, véetné vyznamu Cinitele smérovosti
prijiemce informaci. Jedna se vSak o relativné maly soubor hodnot. Jejich zobecnéni by bylo nespravné a nespliiovalo
by pozadavky pfislusnych norem. Detailni rozbor problematiky verifikace indexu prenosu feCi pomoci logatomickych
testd nepotvrdil pdvodni hypotézu, tj. uréeni korekéniho Cinitele mezi STIPA a logatomickou poznatelnosti na omeze-
ni prenosového kanalu. Omezeni Sirky pasma nema podle dosavadnich zjisténi dostatecnou vypovidaci hodnotu. Pro
novou hypotézu bude nutné uvazovat i energetické hledisko. To znamena posuzovat Sitku prenaseného pasma na
zakladé spektralniho sloZeni méficiho signdlu a porovnavat ho se spektrem STIPA. Vysledky potvrzuji predchazejici

Zjisténi, Ze index prenosu feci objektivné stanovi dosazitelnou srozumitelnost. K publikovani v Trans Tech Publica-
tions tak byly uvolnény pouze ovérené vysledky opakovanych méfeni, splfiujici normovana kritéria.



Tab.1 Prehled nakladi projektu 2134

polozka naklady

gradientni snimace 44 692
FEL CZU v Plzni, akustickd méfeni, analyzy vysledk, navrh E11 28 911
CRo HK, pronajem studia 3388
konferencni poplatky 22 810
méfici predzesilovac 10 200
ochrany snimacd 2 100
pronajem méficiho prostoru 3500
stipendia 11 900
celkové naklady 127 501
piecerpano -1

Datum: 29. prosince 2014

doc. dr. René Drtina, Ph.D.
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1 Soucasny stav

Ucebna E11 mé objem 286 m? a plochu ohranic¢ujicich stén 302 m?. Vyska stropu je 3,2 m, coz znaéné ztézuje
pouziti akustickych tprav na strop ucebny. Sténa naproti dveifim ucebny je osazeny okny a radiatory, pouziti
akustickych dprav zde neptichazi v ivahu. Lze tedy uvazovat nad vyuzitim zadni volné stény, ¢asteéné stropu
a boénf stény naproti oknim, kterd je v soucasnosti osazena nasténnymi vésaky na obleceni. Vyuziti bocni
stény uceny vsak jesté komplikuje fakt, ze podél ni vede pruchod k lavicim uéebny, ktery je Siroky pouze

1,14 m. Z tohoto divodu nesmi pouzity akusticky material ptilis vystupovat do prostoru, aby nedoslo k jeho
poskozeni prochazejicimi osobami. Popsand situace je zobrazena na obr. 1.

(a) Pohled ze dveti u¢ebny

(b) Pohled ze zadni ¢dsti ucéebny

Obr. 1: Soucasny stav ucebny E11

Dne 14. 5. 2014 probéhlo v uéebné E11 méfeni doby dozvuku impulzni metodou podle normy CSN EN ISO
3382-1 [1]. Frekvenéni prubéh naméfené doby dozvuku zobrazuje obr. 2. Dobu dozvuku pro tento typ prostoru
definuje norma CSN EN 73 0527 [2]. U¢ebna E11 podle zminéné normy spadd do kategorie ,poslucharna“ a

pro tu je predepsana optimélni doba dozvuku 0,66 s. Porovnani naméiené doby dozvuku a optiméalni doby
dozvuku dle [1] je také na obr. 2.
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Obr. 2: Namérend doba dozvuku ucebny E11



2 Navrh akustickych uprav

Névrh akustickych dprav je zaméfen hlavné na tlumeni frekvenci pod 500 Hz. Pod timto frekvenénim pasmem
byla namérena vyrazné delsi doba dozvuku a navic zde nedochazi k tlumeni vlivem obsazeni mistnosti
posluchaci. Pies nizky strop mistnosti neni vhodné tuto rovnou odrazivou plochu vynechat, protoze by
mohlo dochéazet ke vzniku nerovnomérného rozlozeni akustického pole v mistnosti.

2.1 Popis pouzitych materiala
2.1.1 Rigips BIG Quattro 47 [3]

Velkoplosné sadrokartonové panely BIG Quatrro 47 s rozméry 2400 x 1200 mm se oproti zbyvajici produkci
perforovanych akustickych sadrokartonu vyznacuji moznosti dosdhnout vysokého tlumeni na nizkych frek-
vencich pii malé hloubce obkladu. Z nabizenych kombinaci byla vybrédna varianta se vzduchovou mezerou
100 mm. Tato vzduchova mezera je vyplnéna 75 mm mineraln{ izolace.

- am .- — —

it it ann® L |l:: et
oas LA ] £l paE® .r':‘: L
Bt Cunt st e
g . .
'“‘l‘i' s 'l:i-" L
+ 1, T

&

ammn
mmmw

Obr. 3: Priklad pouziti materidlu Rigips BIG Quattro 47, prevzato z [4]

2.1.2 Greiner akustické panely [5]

Akustické panely Greiner jsou vyrabény z pérovité melaninové pény. Pohledové strana desky je opatfena
pruzvuénou tkaninou ruznych barev. Desky se montuji kontaktné na strop (pifipadné stény) a jsou vyrdbény
v ruznych tloustkach. Pro uvazované akustické ipravy byl vybran format 615x 615 x 60 mm.



Obr. 4: Priklad kontaktni montdze paneli Greiner, prevzato z [6]

2.2 Popis navrzeného reSeni prostorové akustiky

Akustické ipravy ucéebny E11 vyuZivaji prakticky v8ech dostupnych ploch, aby byla zaru¢eno co nejvétsi
rovnomeérnost rozlozeni zvukového pole. Na strop ucebny jsou navrzeny Sirokopasmové absorbéry firmy
Greiner s rozméry 615x615x 60 mm v poc¢tu 43 ks.

Na sténu naproti okniim ucéebny a zadni sténu uc¢ebny byla navrzena kombinace hladkého SDK a perfo-
rovaného akustického sadrokartonu Rigips Gyptone BIG Quattro 47. Velikost vzduchové mezery je 100 mm.
V piipadé perforovaného sadrokartonu BIG Quattro 47 je vzduchova mezera vyplnéna 75 mm minerdlni
izolace. Pro zlepSeni pohlcovani zvuku na nizkych frekvencich by bylo vhodné vlozit minerédlni izolaci i do
vzduchové mezery hladkého sadrokartonu.

Rozmisténi uvazovanych akustickych materidlt spolu s jejich vizualizaci je na obr 5. Vyméry jednotlivych
materidlu jsou uvedeny v tab. 1.
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Rigips Gyptone BIG Quattro 47 Hladky SDK Greiner akusticky panel

Obr. 5: Rozmisténi akustickych materidlu a jejich vizualizace



Tab. 1: Vymeéry materidli pouZitych pro akustické upravy

| Materidl | Pocet kust | Plocha [m?] |
Panely Greiner 43 16,3
Hladky SDK - 15,0
Rigips Gyptone BIG Quattro 47 | - 45,0

Predpoklddand doba dozvuku ucebny E11 je zobrazena na obr.6. Ve vétsiné sledovanych frekvencénich
pasmech je splnéna doba dozvuku pfedepsans normou CSN EN 73 0527 [2]. Pouze na frekvencich 100 Hz
a 125 Hz je doba dozvuku delsi, nez pozaduje norma. Tyto frekvence vSak jiz lezi mimo pdsmo platnosti

statistické akustiky a tudiz zde nelze akustické ipravy posuzovat dle doby dozvuku. Pokud budeme uvazovat
jako zdroj zvuku Fe¢, neni nutné frekvence 100 Hz a 125 Hz zohlednovat.
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Obr. 6: Doba dozvuku po realizaci akustickijch dprav

3 Zaveér

Na zakladé meéteni ze dne 14. 5. 2014 byly navrzeny akustické upravy ucebny E11. Ty se skladaji z pouziti
panelt z mineralni vaty firmy Greiner na strop ucebny. Boéni stény ucebny, vyjma pfedni stény, budou
upraveny kombinaci hladkého sadrokartonu a perforovaného akustického sadrokartonu Rigips Gyptone BIG

Quattro 47 se vzduchovou mezerou 100 mm. Piredpokliddand doba dozvuku obsazené ucebny E11 spliuje
pozadavky normy CSN 730527 [2] ve viech frekvencnich pasmech dilezitych pro Fecové pasmo.
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Abstract. The transmission channel mediates the flow of information (information transfer) between
the source and the information received. In terms of examining the technical characteristics of the
transmission channel is probably the most widely used model Shannon-Weaver model of
communication, in-processes to technical blocks. From the perspective of media communications and
generally assess the overall effect of the transmission of information via Lasswell communication
model.

Introduction

The transmission of information via the acoustic and today maintains in many cases dominant
position. Communication in engineering, science and humanities, and of course in the teaching of
languages is based on technical terminology of the field. Because of representing and interpreting
(interpreting and explaining) the function of speech, we can derive the basic requirement, which is
ideally wholly cognizable syllables and thus one hundred percent speech intelligibility.

1 Test of logatomic recognizability

Tests of logatomic recognizability are the strictest criterion transmission quality of the speech signal
with the highest resolution. In compliance methodology gives objective results [3]. Used logatomic
table from which the speaker reads syllable cadence of 0.5 to 1 second syllable for syllable and listeners
entered. The complete test of logatomic recognizability has a thousand syllables (twenty blocks of fifty
syllables). To achieve the objective results statistically is used to rotate the students to various loca-
tions audiences and to rotate the speakers. Implementation of these tests is to organize, time and cost-
consuming. The tests themselves are already inherently dull and tedious. During testing, it is therefore
necessary to take long enough breaks. To save time, because often uses short hundred syllables test
and the number of syllables correctly entered directly indicates logatomic cognizable as a percentage.

2 Speech transmission index

The pursuit of objective quantification of speech intelligibility measurement date from 1940, when
Bell Laboratories began to develop measurement technology to determine speech intelligibility.
Methods SII (speech intelligibility index) and STI (speech transmission index) to quantify speech
intelligibility based on objective measurement. STI is based on the empirical finding that fluctuations
(modulation changes) of level of speech signals carry important information relating of speech
intelligibility [4] [7] [8]. STI has been optimized and validated using speech intelligibility tests for
a wide range of disturbances (distortion) in transmission channels (noise, reverberation, echo, linear
and non-linear distortion and digital encoding processes) [2].

The measuring principle is simple to use. Sound Source simulates speaker emits a test signal with
a modulation index m; (Fig.1), which corresponds to the instantaneous intensity
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I; = L, (1+m, sin2xf, t) (1)

Measuring microphone (listener) receives this signal with a delay t and (usually) with the changed
modulation index my <I. These conditions correspond to the instantaneous intensity at the receiving
end.

To = Topg (1+my sin2zf, (t + 1)) 2)
1
fm
p— measured area
T f Tli o
gignal source receiver
o

Fig.1 The principle of measurement of speech transmission index

Speech intelligibility in a given area is obtained by measuring the signal, which is evaluated, as the
ear of the listener perceived it. The result is a number between 0 (completely unintelligible) to 1
(excellent clarity).

For the measurement of speech transmission index using electro-acoustic transmission system is
intended direct method STIPA (speech transmission index for public address systems). It uses seven
octave bands simultaneously and for each band are two unique modulation frequency (Table 1).
STIPA is not validated only for the spectrum of male speech and the measurement time is about
15-20 s. Sensitive to distortion found in room acoustics and/or sound public adress systems.

A measurement of speech intelligibility is prescribed of standard IEC 60849:1998 Sound systems
for emergency purposes [1], for example, for voice alarm system.

Table 1 The modulation frequency for the method STIPA [2]

octave band [Hz] 12512501500 | 1k [ 2k [ 4k | 8k
first modulation frequency [Hz] 1.60]1.00{0.6312.00]1.25[{0.80]2.50
second modulation frequency [Hz] | 8.00 [ 5.00]3.15[10.0]6.25[4.00 | 12.5

Important characteristics of the sound source measurement method STIPA are geometric dimensions
(physical size), directivity, location, sound pressure level and frequency response.

3 NTi Audio TalkBox

NTi TalkBox (Fig.2) is a reference resource companies NTi Audio for acoustic measurements.
TalkBox the size of a human head. Acoustic output simulates speaker by IEC 60268-16 [2], where 1
m produces a sound pressure level of 60 dB (A). The basic test signals are chips, pink and white noise,
sinusoidal reference signal 1 kHz, pulse signal delay measurements and reports in German and
English. To verify the parameters of sound reinforcement systems in emergency situations when there is
an increase in the strength of voice (e.g. during large noise), so called. Lombard effect is the basic set
of signals (with the exception of pulse) reproduced with a level of +10 dB, i.e. 70 dB (A).

TalkBox is equipped with a precision wideband speaker, frequency response using DSP is individual-
ly balanced for each individual piece with an accuracy of better than + 1 dB from 100 Hz to 10 kHz
(Fig.2).
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Fig.2 NTi TalkBox, frequency response and electronic unit
source:www.nti-audio.com

Electronic unit TalkBox (Fig.2) also serves as a signal generator. The output voltage goes over
100 Q balanced line via XLR connector. Nominal output level is -11 dBu (218 mV) for 1 kHz at
60 dB at 1 m. TalkBox can reproduce any signal received via a symmetrical line with the maximum
level of +18 dBu (6,15 V) to the electronic unit, which corresponds to the standard studio over-modu-
lation lines of +12 dB. External signal delay is 59 ms.

To prevent a change in reference level, TalkBox is not equipped with any regulatory and adjusters.
Directional characteristics for NTi TalkBox producer not describes and is need to be measured.

Knowing of these characteristics particularly important when measuring PA systems with a perma-
nently installed or hand-held microphones, while monitoring the effect of turning the sound source (spea-
ker) to the microphone. Directional characteristics (Fig.4) were measured in an anechoic chamber,
acoustic laboratories Faculty of Electrical Engineering West Bohemia University in Pilsen with analyzer
Briiel & Kjar PULSE BK type 3560C.

From the measured directional characteristics (Fig.4) is to show that when measured over the entire
electro-acoustic system, from the microphone to the listener, not the source to the rotation axis of the micro-
phone exceed + 15°. Frequencies up to 1 kHz can be considered half-space in front TalkBox for nearly
omnidirectional source with omnidirectional characteristic. Limiting radiation angles (from the axis of the
radiator) for the decrease of the sound pressure presents in Table 2.

Table 2 Limiting radiation angles NTi TalkBox

Radiation angles for frequency [Hz]
attenuation 100|500 | 1k |2k |5k [10k
-3dB|129°] 63° | 60° | 27° | 24° | 12°
-6 dB 105°] 93° | 42° | 32° | 20°
-10 dB 138°| 60° | 42° | 30°
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Fig.4 Directional characteristics NTi TalkBox

Conclusion

The measurement results confirmed that the radiation characteristics TalkBox NTi are fully com-
parable with the radiation pattern of a standard speaker. We can thus deduce that the behavior of the
transmission channel TalkBox NTi - the microphone will exhibit the default behavior installed sound
system, when operating as a live speaker. We assume that, especially when using high quality sensors
(eg. Sennheiser MD441, Neumann U87...) we get quite relevant and repeatable measurement results,
the required normative regulation.
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Abstract. Classrooms, lecture, lecture, conference and convention halls can be considered as spaces
in which there is sometimes one way, but more often two-way communication through the transmis-
sion channel. Equally important is the transfer of key information in voice alarm system.

Introduction

Vast areas in which the emphasis is on clarity of information are transmitted voice alarm systems
in buildings exposed to a large number of people (shopping centers, hotels, metro, transport terminals,
cinemas, theaters, schools, selected industrial plants), but also for example in flood areas, in places
with danger of industrial accidents, often in voice alarm system requires operation in a dormant mode.
Sound level (reproduced reports) must wake a sleeping person [1]. Detection rate of speech
intelligibility perform essentially two methods. Listening tests and measurement of speech transmission
index (STI) according to IEC 60268-16 [2]. The second part presents the definition of conversion
curves and the bandwidth effect of the STIPA values measured.

1 Conversion curves

Electrotechnical Laboratory of the Department of Technical Subjects Faculty of Education Uni-
versity of Hradec Kralove used for measuring acoustic set NTi (XL2 analyzer, measuring microphone
2210 class 1, TalkBox and the necessary accessory). The kit allows direct measurement of speech
transmission index according to IEC 60268-16 [2], including the measurement of ambient noise on
speech intelligibility transfer to a scale of CIS [1] (a common measure of speech intelligibility) and
the creation of the measurement. The best speech intelligibility clarity is achieved when sound
pressure levels in the range of 70-80 dBgp;.. At levels above 85 dB reduces the sensitivity of the ear,
leading to lower clarity. Speech transmission index, for example, drops from STI =1 at 70 dBgpy. to
the STI = 0.7 when the sound level over 90 dBgpy.

Calculation we verify that the conversion curve between the values of CIS and STI (STIPA),
according to IEC 60849 [1] (Fig.5) can be approximated with high precision with exponential func-
tion

STI = 0.10196 - 227 €5 3)

value of reliability R? = 0.9998
or using third degree polynomials and higher degrees, for example

STI = 0.80308 - CIS® - 0.28423 - CIS* +0.39115 - CIS + 0.090496 4)
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Value of reliability R* —1. For the inverse transfer STI/CIS (Fig.5) then we can use a logarithmic
approximation

CIS=0.4387-InSTI+1.0018 5)
with value of reliability R* = 0.9998 or third-degree polynomial
CIS=0.9647-STI -2.5056-STI* +2.6678 - STI - 0.1263 (6)

with value of reliability R* = 0.9997 for values STI 0.25.

1 -
0,8 + 0,8 +
0,6 + 0,6 +
= 7]
7 o
04 T+ 04 +
0,2 1+ 0,2 4
0 —t 4 0 —tt——t——+—
0 0,2 0,4 0,6 0,8 1 0 0,2 0,4 0,6 0,8 1
CIS STl

Fig.5 Conversion of scales CIS/STI and STI/CIS

On the basis of standard values of conversion curves of different methods to CIS [1] we reslusted
for our substantial mutual conversion between logatomic recognizability (LOG) and speech transmis-
sion index (STI). The conversion of speech transmission index to logatomic speech intelligibility

(Fig.6) can be approximated with high precision sixth degree polynomial

LOG = -20.783-STI® +70.377 -STI> -88.867 - STI* +50.558 - STI" -

(7
-13.606-STI? +3.6785-STI - 0.3668

value reliability R* = 0.9999.

For the inverse transfer (Fig.6), ie. Conversion values logatomic recognizability (LOG) for speech
transmission index (STI) can be re-used polynomial approximation sixth grade

STI=56.881-LOG® -163.57-LOG” +181.03-LOG" -96.253-LOG" +

®)
+ 25.062-LOG? -2.4058-LOG +0.2575

value realiability R* = 0.9956.



576 Advanced Materials and Engineering Materials IV

1 1
0,8 + 0,8 1+
o 0,6 + 0,6 +
=
9 w
0.4 1+ 04 1+
0,2 + 0,2t
0 N B E— e R 0 e e N |
] 0,2 0,4 0,6 0,8 1 ] 0,2 0,4 0,6 0.8 1
ST1 LOG

Fig.6 Converting of speech ransmission index and logatomic recognizability STI/LOG a LOG/STI

For logatomic cognizable we chose the standard expression with a maximum value of 1, instead of
commonly mentioned on percentages. Approximation polynomials are chosen so that at an early stage
had a reported value of reliability, if possible, more than 0.999.

Speech Transmission Index should for classrooms and lecture halls (for the educational process in
general) respond logatomic recognizability (syllable intelligibility) higher than 95%. Calculation
according to (8) and by refining (7) should be the speech transmission index better than 0.75. Thus, in
qualitative zones A + to A, which is the approximate scale [2], has excellent speech recognisability.
The condition is very strict and moves level requirements for sound studios. Especially for the langua-
ge classroom by such parameters should be obvious.

2 The influence of directivity of acoustic sources

Assumes that the acoustic sources with strong directional effect (narrow radiation pattern) and opti-
mum settings mainframe correction increases the speech transmission index and hence clarity, is based
on patterns of spatial acoustics, the theory of drives, models of acoustic fields and the specific results
of previous research and practical experience. Analysis of folded acoustic sources confirmed the very
good agreement of calculated and measured characteristics [5] [6]. Applications of directional sources
will bring greater radius of reverbation, reverberation greater distances, reducing energy of reverbe-
ration field and increase intelligibility. From vertical and horizontal beam angles vy, v, directivity factors
were determined by the following equation (9) [7] where y;> v,.

510

QZ =
Y2 yf1-cosy,

Factors directivity was in the area of formant values Q; = 16 to 24. Under otherwise constant
conditions with reverberation distance in a given area increases YOy times. Used assemblies open field
reaches up to 4 x to 5 x distance. At the same time increases the achievable speech intelligibility. From
equation (10) [7] implies, T is the reverberation time, } the volume of space, distance /zp speaker liste-
ner and » cooperating number of sources, the loss of clarity of consonants {, at otherwise constant
conditions, factors inversely proportional to the directivity of the radiator Q5.

)

2007272

10
Vo, (10)

Preliminary measurements in the auditorium of the University of Hradec Kralove showed compli-
ance with the values measured in 1992 and 2005 Acoustics remained unchanged after reconstruction,
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preserve the distinctive flutter echo in the first third of the auditorium and the lack of parameters has a
relatively unstable PA system. Average speech transmission index STIPA over existing sound system
is 0.73 and the recalculated average of clarity in the auditorium (CIS) is 86%, which corresponds with
the values determined using logatomic tests. Additional measurements were performed for two wall
speaker size 4 x 8 and for long column speaker with 24 emitters (Fig.7). As modules stacked radiators
were used DPT208 column speaker [5] [6]. Frequency response was in the area above 5 kHz offset
sound processor Sabine NAV8800. With the speech transmission index (STIPA) from 0.61 to 0.80
and the average intelligibility (CIS) 86% were measured value, under standard errors are nearly
identical.

Fig.7 Wall speakers and two-meters column speaker in assembly hall of University of Hradec Kralove

Measurements confirmed their assessed, although the evaluation of the listening test showed a
vastly different sound administration.

To simulate acoustically untreated and complex lecture, we used the church space and small wall
speaker in 2 x 16 format, with a balanced frequency response and equalization filter for speech (Fig.8).

o
- B.0

EWA0CT
r Y ’
160 315 G630 1K35 2KS5 SK 10Kk 20K E

Fig.8 Area of the church of St. Vorsila, installation of wall speaker 2 x 16 in Hus Choir,
frequency response of the speech (dialogue) filter

Measurements have shown some influence directionality of emitters, in a small extent also reflected
adjustments transmission characteristics (Table 3). Nevertheless, the measured values significantly differ
from the calculated assumptions. The indicative logatomic and listening tests in the case of stacked
radiators and using speech intelligibility stroke filter showed 85%.
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Table 3 Partial results of acoustic measurements

used radiator, hall correction speech transmission index (STIPA) [average intelligibility (CIS)
omnidirectional, without correction [0.45-0.58 68 %
composed 2 x 16 balanced process [0.52-0.57 73 %
composed 2 x 16, speech filter 0.53-0.59 74 %

3 Influence of transmitted bandwidth

Interpretation of the measurement results is very problematic. Leaving aside the fact that STIPA is
validated only for the spectrum of male speech, make measurements premise for the claim that the
standard method according to IEC 60268-16 [2] is insensitive to frequency and radiation characte-
ristics. It was therefore necessary to extend the research on sensitivity analysis methods STIPA width
of the transmission channel and to see if there is concurrence between the really values measured and
y characteristic (Fig.9).

Sensitivity of speech transmission index STIPA and intelligibility CIS of the bandwidth limita-
tions, we measured directly in the signal path. We analyzed 88 signal samples with different signal
bandwidth limitations of 70 dB level. Correction for loss of intelligibility in percent, depending on the
transmitted bandwidth limitation indicates  characteristics according to equation (11).

Ccor =50_Xth (SO_C) (11)

[x1 1

u,a- \/
u_.4- /\
ol AN

100 1000 [Hz] 10000

Fig.9 y Characteristics of correction intelligibility [7]

Filter of transmitted bandwidth through the analog filter, bandpass filter 500 Hz to 2.5 kHz (Fig.10)
represents suppression formant region 4 kHz by 10 dB, according to equation (11) reducing the
intelligibility of {.or = 9.6%. Evaluation of method STIPA gives speech transmission index 0,97 and
clarity (CIS) 0f 99%. For bandpass cutoff frequency of 700 Hz to 1.2 kHz (Fig.11) represents suppres-
sion formant region 4 kHz by 20 dB and a reduction of intelligibility, according to equation (11), the
Ceor = 23.8%. Evaluation method Stipe gives speech transmission index 0,91 and intelligibility (CIS)
of 96%, which would for practical applications meant that even standard phone connection (band
300 Hz to 3.5 kHz) ensures excellent speech intelligibility.

Using extreme attenuation of programmable digital filters has been realized for example bandwidth
of 400 Hz to 2.5 kHz with 60 dB attenuation in '5 octave range (Fig.12). Speech transmission index
(STIPA) was 0.68 and intelligibility (CIS) 83%. For bandwidth of 630 Hz to 1.6 kHz (Fig.13), the
speech transmission index (STIPA) 0.51 and intelligibility (CIS) 71%.
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Fig.10 Band pass 500 Hz to 2.5 kHz Fig.11 Band pass 700 Hz to 1.2 kHz
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Fig.12 Band pass 400 Hz to 2.5 kHz Fig.13 Band pass 630 Hz to 1.6 kHz

-60 dB in %5 octave, STI 0.68/CIS 83 % -60 dB in % octave, STI 0.51/CIS 71 %

For bandwidth limited to frequencies above 1,6 kHz, with 30 dB attenuation in '3 octave range
(Fig.14) was detected speech transmission index (STIPA) 0,89 and intelligibility (CIS) of 95%.

[dB]r
60 -

40

20 4

100 1000 10000 [Hz]

Fig.14 Band pass 160 Hz to 1.6 kHz, -30 dB in 5 octave, STI 0.89/CIS 95 %

Conclusion

Results of the analysis indicate that the measurement of speech transmission index Stipe (although
it is a standard set by an objective method) can't agree with logatomic tests for evaluating the trans-
mission properties of PA and VA systems. In education, we can assume fatal impact of classroom
acoustics and the properties of the transmission channel on the quality of teaching. Also in the voice
alarm system may block transmission of information restricted frequency band, without that measu-
rements showed Stipe problem. The analysis builds examining the impact of reverberation and signal
levels reverbation the results indicated by speech transmission index and scaled intelligibility.

In our opinion, it is necessary to expand research on the measurement and detailed analysis of the
detected signal in comparison to the results valid logatomic tests that are dependent on the emitter and
the transmitted band. The objective is to verify the measured values with the results of tests logatomic
or suggest modification of the measuring system so that the correlation results of the signal measu-
rements and tests logatomic was greatest in the ideal case that the correlation coefficient pcis Log most
approached to value 1.



580 Advanced Materials and Engineering Materials IV

Acknowledgements

This work was financially supported by specific research project no. 2131/2013 and 2137/2014 the
Faculty of Education, University of Hradec Kralové, Which solves the Electrotechnical Laboratory of
Department of Technical Subjects.

The authors thank Ing. Oldrich Turecek, Ph.D., Ing. Martin Sykora, Ph.D., Ing. Martin Schlosser,
and Ing. Ladislav Zuzjak of the Acoustic laboratory of the Faculty of Electrical Engineering
University of West Bohemia in Pilsen, as expert and technical assistance for acoustic measurements.
Special thank Mgr. Rostislav Kotrc and dean ICLic. Pavel Seidl.

References
[1] IEC 60849:1998. Sound systems for emergency purposes.

[2] IEC 60268-16:2011. Sound system equipment - Part 16: Objective rating of speech intelligibility
by speech transmission index.

[3] JANUSKA, L. Statistické porovndni subjektivnich a objektivnich metod urcovani akustické kvality
uzavirenych prostori pro poslech reci. Vyzkumna zprava. Praha. VUZORT. 1964.

[4] STEENEKEN, H. J. M. - HOUTGAST, T. Some applications of the Speech Transmission Index
(STI) in auditoria. Acustica 51, 1982, p.229-234.

[5] DRTINA, R. et al. Ozvucovaci systémy pro velkd auditoria. Cdst 8. - Smérové charakteristiky
reproduktorového sloupu DPT208. Mediad4u Magazine. 1/2012. s.154-164. ISSN 1214-9187.

[6] DRTINA, R. - LOKVENC, J. Ozvucovaci systémy pro velkd auditoria. Cdst 9. - Smérové
charakteristiky skladanych zarici z DPT208. Media4u Magazine. 2/2013. s.50-63. ISSN 1214-9187.

[7] SMETANA, C. Prakticka elektroakustika. Praha - Bratislava. SNTL/ALFA. 1981.



