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1 Uvod

Multimedialni nahravaci studio na Ustavu hudebni védy Filozofické fakulty Masarykovy
univerzity vzniklo v roce 2021 jako soucast kli¢ové aktivity 7 ERDF projektu Strategické
investice Masarykovy univerzity do vzdélavani SIMU+ a ptedstavovalo tak doplitkovou
investi¢ni podporu aktivit Filozofické fakulty Masarykovy univerzity realizovanych v ramci
komplementarniho strategického ESF projektu Masarykova univerzita 4.0. Prostfednictvim
realizace této klicové aktivity, jejimz fesitelem je Ustav hudebni védy Filozofické fakulty
Masarykovy univerzity, doslo k vybudovani nového multimedidlniho nahravaciho studia ,
které slouzi pro potieby vyuky v novém studijnim programu Zvukovy design a
multimedialni technologie, realizovaném od za&atku akademického roku 2021/22 na Ustavu
hudebni védy FF MU ve spolupraci s Fakultou elektrotechniky a komunikac¢nich technologii
Vysokého uceni technického v Brné.

Podnétem k vytvoteni a nasledné akreditaci nového studijniho programu Zvukovy design a
multimedialni technologie byly vysledky dlouhodobych analyz a mapovani kulturnich a
kreativnich primysll, realizovanych na urovnich Ministerstva kultury, Jihomoravského
inova¢niho centra, Magistratu mésta Brna, univerzitnich pracovist’ a dil¢ich rozhovort se
zaméstnavateli. Z t€ch vyplynula absence kvalifikovanych pracovnikli a kompetenci v
oblasti technologii kreativniho zpracovani a designu zvuku v celé¢ Skdle multimedidlni
tvorby a produkce, tj. v oblastech hudebniho primyslu, scénickych i vytvarnych umeéni a
reklamnim a hernim primyslu. Jako feSeni této problematiky vznikl ndvrh nového studijniho
programu Zvukovy design a multimedialni technologie na Ustavu hudebni védy Filozofické
fakulty Masarykovy univerzity, pfipraveny ve spolupraci s spolupraci s Fakultou
elektrotechniky a komunikacnich technologii Vysokého uceni technického v Brné&, ktery
reagoval na poptavku trhu prace po kompetentnich pracovnicich pro vySe uvedené oblasti.
Zakladnim ptredpokladem pro vznik nového studijniho programu bylo infrastrukturni
zajisténi vyuky ve Spickové vybaveném vyukovém multimedidlnim nahrdvacim studiu,
které umoznuje simulace provozu technologicky kvalitnich zvukovych a multimedialnich

center. Vyuka probihd pod vedenim praktickych odbornikii na zvukové inZenyrstvi,



zvukovy design, hudebni, zvukovou, audiovizudlni a multimedidlni produkci a
postprodukei, teoretikli v oblastech sonologie, kreativity a uménovédného badani.
Inovativni technické feSeni studia N21 umoziiuje vyuzivani novych audio-video technologii
a jejich integraci do modernich vyukovych postupii v oblasti kreativniho zpracovani zvuku
(produkce i postprodukce), zvukového designu, modelovani zvuku, akustiky a vSech
navazujicich oborovych ¢innosti. Diiraz je kladen na propojeni modernich technologickych
postupil prace se zdznamem a zpracovani audio signali s hudebni praxi. Takto vytvofeny
komplexni soubor poskytuje rozsdhlé moznosti vyuzivani v edukacni ¢innosti. Pfinosem
technického feSeni a vybaveni studia N21 jsou rozsahlé moznosti simulace riznych
pracovnich prostorti, které umoziuji ptipravu studentd pro celou Skalu kreativnich a
variabilnich pozadavki souc¢asného zvukového designu a multimedidlnich technologii.
Zvukova rezie slouzi jako technické zazemi pro nahravaci studio, ale mize byt vyuzivana i
jako samostatny celek napft. pro postprodukéni zpracovani zvukového signalu, vyuku prace
S hardwarovymi i softwarovymi nastroji editacnimi, virtualizacnimi apod. Zvukova rezie je
vybavena zvukovou konzoli, a pfisluSnym poctem AD a DA pievodniki, které umoziiuji
zaznam az 64 kanald a jejich distribuci ve stejném mnoZstvi najednou. Déle je vybavena
monitorovym systémem, a to jak pro stereo, tak i prostorovy poslech ve formatech 5.1 a 7.1.
Soucasti vybaveni rezie jsou 1 softwarové nastroje umoziujici zpracovani zaznamenanych
audio signall a dalsi postprodukéni praci véetné virtualizaénich nastroju.

Studio N21 nabizi n¢kolik moZnych zplsobi vyuZiti — jako komplexni multimedialni
nahréavaci studio, dale samostatnou rezii jako zvukova laboratot a samostatné vyuziti salu
jako multimedialniho vyukového prostoru. Prostory studia N21 jsou vybaveny konektivitou
pro ptipojeni v§ech moznych zdrojii audio signall a zafizeni, cozZ je zajisténo optickymi a
metalickymi rozvody. Instalovand multimedialni technika sestavajici z laserového
projektoru, ozvuceni a centralniho systému fizeni dava pfednasejicimu rozsahlé moznosti
vyuky a prace se zkoumanim vniméani pii spojeni obrazovych a zvukovych vystupt.
Samostatnou soucasti vybaveni nahrdvaciho studia jsou mikrofonni sady, jejichz vybér je
koncipovan tak, aby bylo mozno zajistit snimani zvukového pole pro vSechny mozné druhy

zdrojl signalu.
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2 O studiu N21

Koncepce Spickové vybaveného studia umoziiuje poslucha¢im studijniho programu
Zvukovy design a multimedidlni technologie prakticky nacvik dovednosti spojenych se
zpracovanim zvuku a zvukového designu, které jsou zasadni pro jejich budouci praci v
oblastech hudebniho, multimedialniho, herniho i praimyslu. Vyukové prostory studia N21
zéroven slouzi jako multimedialni uéebna i ostatnim studentim Ustavu hudebni védy,

zejména oborti Hudebni véda, Teorie interaktivnich médii a Management v kultute.

Studio N21 sestdva ze zvukové rezie (control room), technické mistnosti (machine room) a

z multimedialniho nahravaciho sélu (recording room).

Zvukova rezie — control room(N02003)

Prostor zvukové rezie vznikl stavebni a akustickou Gipravou pracovny doktorandi sousedici
s poslucharnou N21. Soucasti tprav bylo vybudovani akustickych dvefi s prihledem do
prostoru multimedialniho nahravaciho salu. Provedené akustické upravy na plochéach stén a
stropu zajiStuji optimalni akustické provozni podminky. V ose priihledového okna je
instalovan technologicky nabytek uzplsobeny pro rackovou instalaci zvukovych zatizeni a
pro umisténi zvukoveé mixdzni konzole. V rackovych modulech jsou instalovany analogové
1 digitalni zvukova zatizeni pro Gpravu 1 zdznam zvuku a patch panel propojeny s pfipojnymi
misty v sale. Mixazni konzole Avid S6 je propojena s hlavnim pocitatem a diskovym polem,
umisténymi v technické mistnosti (machine room).

Dale jsou v rezii instalovany poslechové monitory (hlavni zabudované stereo 2.0, doplnéné
0 5.1, 7.1 poslechovy systém). Nad akustickymi dveifmi je instalovan monitor pro ndhled do
prostoru salu a kamera pro zaji$téni obrazové inspice, nebo online vyuky.

Stejné jako v sale N21 je mozno pofizovat AV zdznam vyuky v rezii.

Zaroven je mozné situaci zrezie (monitor, kamera) promitat na platno do salu N21 a
demonstrovat praci v rezii vétSimu poctu studentti a simulovat tak plnohodnotné poslech ve

formatu stereo 2.0, 5.1 7.1.



Technicka mistnost — machine room (N03004)

Zvukové¢ oddélend promitaci kabina s instalovanym HD projektorem slouZi zaroven jako
technicky prostor pro umisténi hlavniho rozvadéfe a dvou rackovych skiini pro AV
techniku, véetné video fetézce (zatizeni pro zaznam i prepinani AV signalu mezi pocitaci
pouzivanymi jak v mistech katedry, tak v rezii a ¢tyfmi vySe zminovanymi kamerami, které

jsou soucasti systému). Technicka mistnost je chlazena klimatiza¢ni jednotkou.

Multimedialni nahravaci sal - recording room (N02005)

Multimedidlni nahrdvaci sal vznikl stavebni a akustickou upravou posluchiarny N21,
kapacitné nejvétsi u¢ebny v budové N, ktera je sidlem Ustavu hudebni védy FF MU. Slouzi
k redlnému nahravani hudebnich i zvukovych zdznamd, ale téz k prezentaci studentskych
zvukovych, audiovizualnich a multimedialnich realizaci a projekt. Zaroven je zachovana
moznost vyuziti prostoru v pivodni funkci klasické poslucharny s mobilni katedrou, se
dvéma bezdratovymi mikrofony a s fadou ovladacich prvki. Mobilni ndbytek umoziuje

upravit prostor pro pozadavky nahravani a zkouseni hudebniho télesa ¢i pro zvukové a
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multimedidlni prezentace. V cCele mistnosti je instalovdno prazvucné ramové
velkoformatové platno. V prostoru prilehlé promitaci kabiny je umistén laserovy HD
projektor s vyuzitim pro projekci pfi prezentacich studentskych vystupi 1 klasické vyuce.
Pii nahravani filmové hudby, hudby k pocitacovym hrdm ¢i audiovizudlnich a
multimedidlnich projekti je mozné na platné promitat video obsah. Sal je ozvucen
stacionarnim standardnim kinosytémem znacky JBL, distribuci signdlu ve formatu stereo,
5.1, 7.1 zajistuje Dolby procesor. Projekce je zajisténa kino projektorem promitajicim obraz
na stahovatelné platno o velikosti 7 m x 4 m. V séle je pro potfeby koncertli moZno pouZit
mobilni PA aparaturu kvalitni znacky L Acoustic a pienosny digitalni mixpult Yamaha. Dale
jsou v sale umistény dohromady tii motorizované kamery, které krom¢ moznosti potizeni
videozéznamu situace v sale z riznych pohledfi, umoziuji také online pfipojeni pro hybridni
vyuku ¢i komunikaci se samotnou rezii salu.
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3 Vybaveni studia N21

3.1 Control Room

Mixazni konzole do zvukové rezie

Ovladaci mixazni konzole pro studiovou tvorbu, 32 kanali, 9 knobl/kanal, TFT displeje,
joystick modul, post modul, 4x Fader Module (dual tri color LED meter, mute, solo), 4x
Proces module (8 multicolor LED, 8 OLED Display, 22 function select switches per
channel), 4x Knob Module (32 multicolor LED, 32 OLED Display, 11 function select
switches), Display module (4x), Producers desk, legs, kompatibilita s Avid Pro Tools,
Steinberg Cubase/Nuendo, Merging Pyramix.

Stiil pro mixazni konzoli

Zakazkovy stil pro mixazni konzoli. Je vybaven zadnimi vyklopnymi moduly pro snadny
pristup ke kabeldzi a LCD monitorim pfi instalaci i servisu. Stdl je na levé strané doplnén
o 19ti palcovou skiini s volnou odkladaci plochou, s moznosti vyuziti jako rack skiin. Pfedni
¢ast stolu je vybavena polstrovanym opéradlem. Materidl: kombinace lakovand MDF a
lamino s perlickovym povrchem. Barevnost stfibrnd a antracit. Konstrukce je modularni plné
rozebiratelna.

Monitor 4K LCD 28" pro mixaZni konzoli hlavni i mobilni

4K 28", odezva 1 ms, vysoka plynulost a perfektni pfechod mezi jednotlivymi snimky,
FreeSync, rozliSeni 3840 x 2160, DisplayPort, 2x HDMI, D-Sub, USB 3x, MHL,
sluchatka, reproduktory 2x3W.

Kamera

Siroky dynamicky rozsah, velky vykon pfti §patnych svételnych podminkéch, rozliSeni Full
HD 1920x1080p az 30 fps, 2D a 3D potlac¢eni Sumu s “low noise CMOS sensorem”,
odpovida ONVIF IP Streaming Standardiim, ethernetovy port RJ-45 pro streaming H.264,
ovladaci Software je "open source", soucasny vystup pres HDMI, HD-SDI a IP Streaming,
NDI.
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Klavesnice + mys

Pocitacova klavesnice pro DAW zatizeni usnadni a zrychli praci s audio softwarem
pomoci pfimého volani primarnich transportnich a editacnich funkci. Stejné symboly a
barevné znaceni jako na kontroleru. Na klavesnici zlstava zachovana funkcnost vsech
systémovych alfanumerickych znak, jako na béznych klavesnicich. Bezdratova mys.
Nahledovy monitor

LCD monitor, tthlopticka 27", panel PLS, rozliseni 2560 x 1440, jas 350 cd/m2, kontrast
1000:1. Vstupy: displayPort, HDMI, DVI-D, VESA montaz 100 x 100 mm.

Maximalni $ifka 650 mm (instalace 2 ks do prostoru nad dvete do studia).

Hlavni poslechové monitory

Ttipasmové studiové monitory pro vestavbu do akustickych obkladii. Aktivni tfipasmové
provedeni. Kmito¢tovy rozsah 32 Hz — 22 kHz (pro pokles o 6 dB), =2.5 dB (37 Hz - 20
kHz), SPL = 118 dB. Vstupy XLR analog, XLR digital AES/EBU, RJ45 (fizeni).
Subbasovy modul pro hlavni monitory

Kompaktni studiova subbasova reprosoustava. Kmito¢tovy rozsah 16 Hz - 100 Hz (-6 dB),
SPL = 119 dB, zesilova¢ s vykonem min 800 W. Vstupy XLR analog, XLR digital
AES/EBU, RJ45 (fizeni).

Kontrolni poslechové monitory

Studiovy monitor, ménice 5"+1" s Zesilovace 80 W + 50 W. Kmito¢tovy rozsah 46 Hz -
24 kHz (-6dB), max. SPL 105 dB. Vstupy XLR, BNC. Délici kmitocet 20 kHz, strmost 24
dB/okt.

Poslechové monitory surround L, C, R

Studiovy monitor typu Nearfield, 7" sttedobasovy a vysokotonovy paskovy menic se
zvukovodem, ekv. plocha 2". Zesilovace 300 W + 50 W (tfida AB). Kmitoc¢tovy rozsah 40
Hz - 40 kHz. Max. SPL 114 dB. Vstupy XLR, AES3. Parametricky ekvalizér (5 pasem), 5
piedvoleb, nastaveni zpozdéni (min. do 5 ms).

Poslechové monitory surround Sl, Sr + bo¢ni

Studiovy monitor typu Nearfield, 7" sttedobasovy a vysokotonovy paskovy menic se

zvukovodem, ekv. plocha 2". Zesilovace 300 W + 50 W (ttida AB). Kmitoctovy rozsah 40



Hz - 40 kHz. Max. SPL 114 dB. Vstupy XLR, AES3. Parametricky ekvalizér (5 pasem), 5
predvoleb, nastaveni zpozdéni (min. do 5 ms).

Subbasovy modul

Studiovy subwoofer kompatibilni s 5.1 sestavou, méni¢ 10", zesilova¢ 200 W. Kmitoctovy
rozsah 25 Hz - 150 Hz, Max. SPL 113 dB (spicka, 1 m), nastavitelny délici kmitocet 50 az
150 Hz, Kmitoc¢tovy rozsah 25 Hz - 150 Hz.

Ovladaci panel pro Stereo Reverb Procesor

Kontrolér pro dozvukovy a efektovy procesor.

Napajeci modul do racku

Napajeci a filtracni modul napajeciho napéti. Maximum Output Current: 16 amps, Line
Cord: 3/1.0MM AWG, 2.5M cord w/IEC female to 16A Schuko plug, Pull-out Lights:
Two multi-LED, dimmable lamps, BNC Socket w/Switch: Rear rack lamp, 12VAC
500MA maxx (lamp not included), Operating Voltage: 180 to 274 VAC, Spike Protection
Mode: Line to neutral, zero ground leakage, Spike Clamping Voltage: 375 VAC peak @
3,000 Amps, Response Time: 1 nanosecond, Maximum Surge Current: 6,500 Amps, Noise
Attenuation: 10 dB @ 10 kHz, 40 dB @ 100 kHz, 50 dB @ 500 kHz, Dimensions: 1RU.
Frame fady 500 pro moduly FR1, FR2 a FR3

Frame 19" pro instalaci jednotek series 500, série 500, 10 pozic.

DAW

3,2GHz 6jadrovy Intel Core 17 osmé generace (Turbo Boost az 4,6 GHz), 64 GB
2666MHz paméti DDR4, Intel UHD Graphics 630, 2TB SSD uloziste, 10gigabitovy
Ethernet (Nbase-T Ethernet s podporou pro 1Gb, 2,5Gb, 5Gb a 10Gb Ethernet pies
konektor RJ45), HDMI 2.0, 4x Thunderbolt 3 (USB-C), 2x USB 3, Software macOS.
Instala¢ni modul pro DAW do racku

Rozsifujici frame pro PCle karty. External Connectors: Two Thunderbolt (one open, one
used). Two RJ-45 Gigabit Ethernet port extensions. Four USB 3.0 port extensions (one
front mount and three rear mount). One HDMI port extension. Internal Connectors:
provides up to 75W of power for PCle cards that require supplemental power. PCle
Expansion Slots One x8 mechanical (x8 electrical) PCle 2.0. One x16 mechanical (x8
electrical) PCle 2.0. One x8 mechanical (x4 electrical) PCle 2.0. PCle Cards Supported(1):
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Three full-length PCle cards, or One full-length, double-width PCle card, plus one single-
width card.

Karta TB2 pro instalacni modul pro DAW

Karta rozhrani Thunderbolt 2.

Diskové pole pro zaznam

Diskové pole s kapacitou 8TB (HDD 7200 RPM), rozhrani USB 3.1, Thunderbolt 3,
prenosova rychlost 40Gb/s, moznosti konfigurace RAID HFS+ RAID 0, hardware RAID
0/1/3BOD.

PCle karta + software Pro Tools HDx

Pocet soucasnych stop (az 768), dvojnasobny pocet pievodniki na jednu kartu,
dvojnéasobny pocet vstupil a vystupll (az 64 na jednu kartu), celkovy mozny pocet vstupti a
vystupl - 256, editace, nahravani a mix s osvéd€enymi softwarovymi produkty, ptipadné
zvyseni vykonu pfidanim dalsi karty, format plugini AAX nabizi lepsi vyuziti vykonu a
snazsi prepis z nativnich systému, snadnéjsi prace s vice efektovymi pluginy soucasné,
nahravani a mixaz az v rozliSeni 32-bit, 192 kHz, vétsi dynamicky rozsah, soulad mezi
AAX anativnimi pluginy, rychlé pracovni postupy a optimalizace vykonu na PC a MAC,
zvuk s vice nez 75 vysoce kvalitnich virtualnich nastroji, efektt a zvuku plug-int, vypocty
s plovouci desetinnou ¢arkou.

PCle karta Pro Tools HDX

Pocet soucasnych stop (az 768), dvojnasobny pocet prevodnikil na jednu kartu,
dvojnéasobny pocet vstupii a vystupt (az 64 na jednu kartu), celkovy mozny pocet vstupti a
vystupll - 256, editace, nahravani a mix s osvéd¢enymi softwarovymi produkty.

Audio rozhrani DANTE pro audio player

DANTE akcelera¢ni audio karta, az 128 audio kanalt, kompatibilni s PCle x4 slots,
Secondary DANTE port.

HD Master Clock

Generator, Sample Rates Generated: 32, 44.1, 48, 88.2, 96, 176.4, 192, 352.8, 384, 705.6,
768kHz, Master Clock Outputs: 10x Word Clock Outputs up to 768kHz, 4x AES/EBU
Outputs up to 192kHz, 2x S/PDIF Outputs up to 192kHz, Inputs: 2x Word Clock Inputs up
to 768kHz, 1x Video Input accepting wide range of SD and HD video signals, 2x S/PDIF



Inputs up to 192kHz, 1x AES/EBU Input up to 192kHz, 1x USB Input for control, Clock
Input: 1 x 10M Clock Input @ 75 Ohms 3Vpp on BNC 44.1 — 384kHz, Clock Calibration:
< +/-0.001 ppm, Clock Input: 1 x 10M Clock Input @ 75 Ohms 3Vpp on BNC, Sample
Rates (kHz): 32, 44.1, 48, 88.2, 96, 176.4, 192, 352.8, 384.

Stereo Reverb Procesor

Dozvukovy a efektovy procesor, AES 24 Bit Digital I/O, AES single wire 192k supported,
Self-clocking to incoming sample rates 44.1k to 192k, 6 State of the art dual core Analog
Devices DSPs.

Pievodnik DA 32 IN/OUT

Digitalni pievodnik DA 32 kanald, Analog Inputs: 4 x D-SUB 25 (32 channels total), +20
dBu max, 11.2 kOhms, Digital Inputs: 1 x Fiber Optic MADI (up to 64CH), 2 x ADAT
(up to 16CH): 1 x S/PDIF, Word Clock Input: 1 x Input @ 75 Ohms 3Vpp on BNC 32 —
192kHz, Atomic Clock Input: 1 x 10M Input @ 75 Ohms 1Vpp on BNC, Analog Outputs:
4 x D-SUB 25 (32 channels total), +20dBu, 56 Ohms, 2 x Monitor Outs on TRS 1/4 Jacks,
Digital Outputs: 1 x Fiber Optic MADI (up to 64CH), 2 x ADAT (up to 16CH), 1 x
S/PDIF, Word Clock Outputs: 2 x Outputs @ 75 Ohms 3Vpp on BNC 32 — 192kHz, USB
I/0: USB 2.0 Hi-Speed; Data stream up to 480 Mbits/192kHz, 32 channels I/O, Type B,
ThunderboltTM: 1 x ThunderboltTM (64 channels 1/0), D/A Monitor Converter: Dynamic
Range: 129 dB, THD + N: -108 dB, A/D Converter: Dynamic Range: 118 dB, THD + N: -
105 dB, D/A Converters: Dynamic Range: 118 dB, THD + N: -98 dB, Clocking System:
4th Generation Acoustically Focused Clocking, 64-bit DDS, Oven Controlled Crystal
Oscillator, Clock Stability: <+/-0.02 ppm, oven controlled at 64.5°C, Clock Aging: < 1
ppm per year, Clock Calibration: < +/-0.001 ppm, Sample Rates (kHz): 32, 44.1, 48, 88.2,
96, 176.4, 192, Operating Temperature: 0-50°C. ProTools HDX.

Konvertor MADI/DANTE

DANTE / MADI conversion, rack-mountable, 64 channel, including Sample Rate
Conversion.

Pievodnik DA 32 IN/OUT

Modularni AD/DA pievodnik, kartova koncepce, 4x MIC/LINE I/O karta celkem 32
mic/line vstup, 32 line vystup, celkem 8x D-SUB25 konektor, Mic/line vstup vstupni
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citlivost: -55 dBu to +24 dBu, EIN: -123 dBu, SNR: -115 dBFS (20 Hz - 20 kHz) / -118
dB(A) @ 0dB GainTHD @ -1 dBFS: -113 dB, Frekvenc¢ni odezva: -0.5 dB (10 Hz to
FS/2), +48 V fantom napéjeni (zapinatelné), A/D ptevod SNR: <-117,6 dB RMS (20 Hz -
20 kHz) /-119,9 dB(A)THD @ -1 dBFS: < -119 dB, frekven¢ni odezva: <-0,15 dB (10
Hz) /-0,15 dB (20 kHz), D/A pievod SNR: -116,8 dB RMS (20 Hz - 20 kHz) / -119,5
dB(A)THD @ -1 dBFS: -109 dB) : -0,5 dB (10 Hz) / -0,15 dB (20 kHz), 2x MADI 1/0
modul 64kanalt 48k/96k ramec, 56/64 kanalit SMUX, (1x BNC vstup, 1x BNC vystup),
1x Dante I/0O modul (2x RJ45, 1x SFP), Wordclock I/0, Sample rates:
44.1/48/88.2/96/176.4/192kHz, integrovany web server, Gigabit Ethernet, GPIO,
redundantni napajeci zdroj, 19" rack montaz, vyska 2RU.

Konvertor rozhrani HDX / MADI

Ptevodnik rozhrani, 64 audio kanélii (non-Varispeed) mezi Pro Tools/HD a jinym MADI
zafizenim, 56 audio kanall (Varispeed mezi systémovou sbérnici record card a jinym
MADI zatizenim, audio kvalita - az 24-bit, 192 kHz, 2 MADI vstupy (opticky nebo
coaxialni), 2 MADI vystupy (opticky a coaxialni), SRC na vSech I/O (konverze
samplovaci frekvence), BNC Word Clock - synchonizace s externimi hodinami, XLR
AES/EBU propojeni pti pouziti SRC na vystupu, propojeni s record card - 2x32 audio
kanalt ptes kabel, 1U rack.

Audio rozhrani, pfevodnik DA/AD 16 IN/OUT

Protools audio rozhrani, 2x 32 kanalt DigiLink, AES/EBU I/O 16 mono kanalt, 6 sloti
pro rozsifujici moduly, AES3 expanzni karta (16 mono kanalti I/O) s konverzi vzorkovaci
frekvence, Audio Dante Modul 64 kanalt, Word Clock/Video Black Burst I/O konektor,
podpora 44.1-384kHz, DSD64/DSD128, dva interni napajeci zdroje, 19" rack montaz,
vyska 2RU.

Konvertor rozhrani HDX / DANTE

Protools audio rozhrani, 2x 32 kanalt DigiLink, MADI 64 mono kanalt, Audio Dante 64
kanalti, Word Clock/Video Black Burst I/O konektor, podpora 44.1-384kHz, dva interni

napajeci zdroje, 19" rack montaz, vySka 1RU.



Analog 32-channel totalizer

Analogovy 32-kanalovy mix , tonalizér, 4x subgroupy, 32x linkovy vstup (4x D-Sub25),
32x insert (4x D-Sub25), 32x return (4x D-Sub25), 8x subgroup insert (D-Sub25), 8x
subgroup return (D-sub25), 2x master insert, 2x master send, 2x mix out, 2x monitor out,
vstupni impedance > 20kOhm, max vstupni tiroven > 26dBu, maximalni vystupni troven
> 26dBu (do 6000hm), frekvenéni odezva +/-0,5dB (20Hz - 20kHz), THD+N < 0,07%
(50Hz - 10kHz), 19" rack montaz.

Mikrofonni predzesilova¢ rady 500 series

MIC GAIN: A 12-way precision rotary switch controls gain from 0 to 66 dB in 6 dB steps.
TRIM: Continuously variable +/-6 dB level control. +48V: Engages phantom power on the
microphone input, as supplied by the 500 series rack. POLARITY: Push button inverts the
polarity of the signal path, and illuminates when engaged. The symbol “©@” is often used to
denote opposite polarity. HIGH PASS FILTER: The high pass filter is continuously
variable from 20-250Hz and engaged by the HPF switch, which illuminates when engaged.
SILK / TEXTURE: Pushing the Silk button engages the red Silk circuit, which reduces the
negative feedback on the output transformer, adding harmonic content as the texture is
increased. LEVEL METER: An Eight-segment LED bar-graph meter displays output level
(pre-Silk). The color range proceeds from green for lower level signals, yellow for
intermediate signals, and red for high levels.

Mikrofonni predzesilova¢ rady 500 series

Jednotka je kombinaci tfi klasickych konzolovych modulii: dvou kompresorti a preampu,
transponovanych do dvoupozi¢niho i rackového modulu Serie 500 s pouzitim originalnich
komponentt a originalni konstrukce. Diky separatnim vstuptim pro kompresor a pro
preamp piedstavuje vSestranné feSeni pro nab&ry i1 pro mixaz. Mikrofonni preamp s gainem
60dB, Sidechain kompresoru s hi-pas filtrem, ktery zbranuje nechténym bastim pii pouziti
sidechainu, Vyjimeéné bohaty a Cisty zvuk diky pIné diskrétni Class A architektute.
Krokové ovladaci prvky pro snadnéjsi orientaci v nastaveni parametrui.

Mikrofonni predzesilova¢ Fady 500 series

Mikrofonni mono predzesilovac, Circuit: Discrete, Transistor, Transformer Balanced

I/0,Total Gain: +60db, Coarse Gain: +20db to +50db (stepped, 5db), Fine Gain: =10db
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(variable), Input: Mic/Line switchable, Input Impedance: 1200/300 Ohm switchable,
Phantom Power: +48v switchable, Phase: 0/180°, switchable, CONNECTIONS I/O: 500
Series format (frame dependent)

Mikrofonni predzesilovac, ekvalizér rady 500 series

Mikrofonni ptedzesilovaé, Frekvenéni rozsah Mic vstup: +/- 0,5 dB 20 Hz - 27 kHz,
Linkovy vstup: +/- 0,5 dB 20 Hz - 80 kHz, Max Vystupni aroven: 20 dBu, HighPass Filtr
2-tadu nastavitelny 60 - 150 Hz, Vysky: +/- 10dB, 8kHz center freq, shelving Siika 1
oktavy, Stiedy: +/- 10dB, nastavitelnd 150Hz - 2,5kHz, shelving 8iika 2 oktavy, Basy: +/-
12dB, nastavitelna 5S0Hz - S00Hz, shelving nastavitelna Sitka 1/6 - 2 oktavy.

Mikrofonni predzesilova¢ Fady 500 series

Minimum Gain: 14.5 dB, 1dB with Pad, Maximum Gain (continuously variable): 60 dB
(70 dB in Ribbon Mode), Frequency Response (-3 dB): < 10 Hz to > 200 kHz typical -1.0
dB @ 10 Hz, typical -1.5dB @ 200 kHz, Noise (60 dB Gain, 10 Hz - 30 kHz, Inputs
common) -130 dB EIN Total Harmonic Distortion + Noise (35 dB Gain, 10 Hz - 20 kHz
bandwidth, +24 dBu Out) < .003%, Typical <.001%, Intermodulation Distortion (50 Hz &
7 kHz) 35 dB Gain < .0006% +12 dBu Out < .001% +20 dBu Out, Phase Response (35 dB
Gain, 50 Hz - 20 kHz bandwidth, +27 dBu Out) < 2 degrees deviation, Common Mode
Rejection Ratio (35 dB Gain, 10 Hz - 20 kHz bandwidth, 100 mV C.M.) > 65 dB, Typ >
85 dB, Slew Rate (35 dB Gain, +24 dBu Out) > 25 Volts per microsecond, Maximum
Input Level (20 Hz - 40 kHz) +12dBu @ 0.02% THD+N, Maximum OQutput Level: 1 kHz
@ 35dB of gain, THD+N is: <0.001% at +26dBu output, < 0.05% @ +28 dBu output.
Phantom Input Impedance (1 kHz): 2210 ohms, Output Impedance: 24.3 Ohms (x2),
Phantom Powering provided by 500 rack.

Stereo kompresor rady 500 series

Stereo kompresor, ratio settings ranging from 1.5:1 to 10:1, 5 release settings and Auto
Release function, Number of Channels: 1 (Stereo), Controls: Threshold, Ratio, Attack,
Release, Makeup, Ratio: 1.5:1 to 10:1.

Stereo kompresor iady 500 series

Premium Class-A Stereo compressor for your 500 Series rack, Discrete audio path, Ctyfi

kompresni poméry (2:1, 2.5:1, 4:1 a 8:1). Control the dynamics of any program material.



Discrete gain cells from the Shadow Hills Mastering Compressor. Selectable sidechain
filters: 90Hz, 150Hz, 250Hz, bandpass.

Mono kompresor rady 500 series

Gain Range: Continuously variable from 6 dB to +20 dB. Threshold Range: Continuously
variable from 36 dB to +22 dB. Ratio Range: Continuously variable from 1.1:1 to Limit
(40:1). Attack Range: Continuously variable from 20mS to 75mS. Release Range:
Continuously variable from 100mS to 2.5 Seconds. FF/FB: Feed-Forward or Feed-Back
VCA control. Maximum Qutput Level: Balanced and Floating Transformer Output.
Maximum output from 20 Hz to 40 kHz is +23 dBu. Total Harmonic Distortion and Noise:
@ 1kHz, +20 dBu output level, no load. Main Output, compressor bypassed, Better than
0.0006%. Main Output, compressor engaged, Better than 0.02%. Noise: Measured at Main
Output, un-weighted, 22Hz-22kHz, Terminated 40 Ohms. With Gain at Unity, Compressor
disengaged, Better than 103 dBu. With Gain at Unity, Compressor engaged: Better than 92
dBu. Frequency Response: Main Output, Unity Gain: @ 18 Hz, +/- .1dB, @ 150 kHz -3
dB. Crosstalk Measured Channel to Channel: Better than 90 dB @ 15kHz.

Kompresor rady 500 series

Kompresor GAIN RANGE: Input Trim: -10 - +10dB, Output Trim: -10 - +10dB,
COMPRESSSION: Threshold Range: -15 - +15 dBu, Attack Range: 3 - 200 ms, Release
Range: 0.03 - 3 s, Ratio Range: 1:1 - 12:1, Gain Reduction: 0 - 20dB, THD+N 1kHz,
22Hz-22kHz BW: @ 0dB Gain +10dBu out: <0.002%, INTERMODULATION
DISTORTION: @ 0dB Gain +20dBu out, SMPTE/DIN 4:1 7kHz/50Hz: <0.002%,
OUTPUT NOISE 22Hz-22kHz BW: @0dB Gain: <-78dB, CMRR @0dB Gain, 3.5Vcm,
100Hz >75dB 1kHz >75dB 10kHz >75dB, FREQUENCY RESPONSE: @0dB Gain -
3dB: 0.016Hz-150kHz, IMPEDANCE: Line In 24kQ, Main Out balanced: 350Q2, Main
Out unbalanced: 150Q, Link In - sidechain mode: 100kQ), LEVEL METERS: Output Peak
Indicator, Green: -15dBu; Red: +20dBu, Gain Reduction Meter, 0-10dB Gain Reduction
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Ekvalizér Fady 500 series

API 500-series rack such as the API lunchbox® or equivalent. In common with many such
modules, the nominal input/output level is +4dBu. Two parametric mid-band sections
feature classic logarithmically symmetric design ensuring that the £3dB up/down points
retain the same musical interval from the centre frequency regardless of frequency and
amplitude settings. The two shelving sections are traditional 6dB/octave designs with an
option for a fixed Q parametric response.

Mono ekvalizér Fady 500 series

Noise: Measured at Main Output, un-weighted, 22Hz-22kHz, source impedance 40 Ohms
balanced, Better than -102dBV. Frequency Response: Main output, no load +/- 0.1dBu
from

20Hz to 31.5kHz -1dB @ 120kHz, Maximum Output Level: 23.25dBu. Total Harmonic
Distortion and Noise: @ 1kHz, +20dBu output level, no load, Better than 0.0025%, @
20Hz, +20dBu output level, no load, 0.13% Typical (2nd and 3rd harmonic). High Pass
Filter: -2.7dB @ 80Hz Equalizer Engaged Noise: Measured at Main Output, un-
weighted, 22Hz-22kHz, source impedance 40 Ohms balanced, Better than -94dBV.
Frequency Response: Main output, no load +/- 0.25dBu from 20Hz to 45kHz, -2dB @
120kHz, Maximum Output Level: 23dBu, Total Harmonic Distortion and Noise: @ 1kHz,
+20dBu output level, no load. Better than 0.009%, @ 20Hz, +20dBu output level, no load,
0.13% Typical (2nd and 3rd harmonic).

Mono ekvalizér Fady 500 series

CHANNELS: Mono, CIRCUIT: Discrete, Inductor, Transformer Balanced,
FREQUENCIES TREBLE and BASS shelf +/-18db. Treble is set to 12k while Bass is
selectable 50 and 110hz. HI and LO MID +/-18db with HI and LO “Q” switching on each
band. HI MID - 8k2, 6k8, 5k6, 4k7, 3k3, 2k7, 1k2. LO MID - 820, 560 470, 390, 330, 270,
220. THREE POSITION FILTER - 47, 82, and 150hz. BYPASS: Hardwire.

Mono kazetovy emulator rFady 500 series

Noise: Measured at Main Output, un-weighted, 20Hz-22kHz, Input Terminated 40 Ohms.
Unity Gain Better than -100dBu, Frequency Response: Measured at +10dBu, trim at unity.
Main Output +/- 0.25dB from 5Hz to 60Khz, -2dB @ 120KHz, Maximum Output Level



23.25dBu, Total Harmonic Distortion and Noise: @ 1kHz, +20dBu output level Better
than 0.0025%, @ 20Hz, +20dBu output level 0.07% Typical (2nd and 3rd harmonic), Tape
FX Specifications Noise: Measured at Main Output, un-weighted, 20Hz-22kHz, Input
Terminated 40 Ohms. Saturation @ minimum Better than -100dBu, Saturation @
maximum Better than -100dBu, Frequency Response: 15 IPS, Input @ -0 dBu -3dBu @
28kHz, Saturation @ minimum 0dBu @ 10Hz +5dBu Peak @ 60Hz, Saturation @
maximum -3dBu @ 20kHz, -3dBu @ 12.5Hz, +2.4dBu Peak @ 60Hz, 30 IPS, Input @ -0
dBu -3dBu @ 120kHz, Saturation @ minimum -3dBu @ 10Hz +3.15dBu Peak @ 125Hz,
Saturation @ maximum -3dBu @ 100kHz, -3dBu @ 12.5Hz, +1.3dBu Peak @ 110Hz,
Total Harmonic Distortion and Noise: 15 IPS, Input @ -0 dBu 0.4% @ 3kHz to 1% @
175Hz typical, Saturation @ minimum Greater than 1% below 175Hz typical, Saturation
@ maximum 1% at 6kHz typical, 0.3% @ 1kHz to 3% @ 50Hz typical, 30 IPS, Input @ -
0 dBu 1% at 1kHz typical, Saturation @ minimum 0.6% @ 400Hz 5% @ 20Hz typical,
Saturation @ maximum 1.5% @ 20kHz to 0.4% @ 1kHz typical, 0.4% @ 1kHz to 2 %@
50Hz typical

Kompresor, Zkreslovaé, Ekvalizér rady 500 series

Processor Type: Compressor/Distortion/EQ, Number of Channels: 1, Inputs: 1 x 1/4"
(instrument), Module Slot Size: Single.

Mic Pre / EQ / Compressor / Texture

Mikrofonni ptedzesilovaé. Frequency Response: Main Output, no load -3 dB @ 2 Hz, -3
dB @ 160 kHz, Measured at Main Output, unweighted, 22Hz-22kHz, Terminated 150
Ohms. With gain at unity better than —92 dBu, With gain at 66 dB better than —56 dBu,
Equivalent Input Noise better than —123 dBu, Unity to +66dB in 6 dB steps, Trim
continuously adjustable from —6dB to +6dB. Phantom Power: 48 Volts DC +/- 1%, Total
Harmonic Distortion and Noise: @ 1kHz, +20 dBu output: Better than 0.002% As above,
Silk Engaged: Better than 0.2% Second Harmonic, @ 20Hz, +20 dBu out Better than
0.004% @ 20Hz, +20 dBu out Better than 0.020%, IM Distortion: Better than 0.002%,
Slew rate Better than 4 V/uS, High Pass Filter: Frequency: Continuously Variable from 20
Hz to 250Hz, Slope: 12 dB/Octave Bessel, Rack 19".
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Lampovy mikrofonni predzesilovaé

Ctyikanélovy predzesilova¢ s unikatnim michanim klasického a lampového zvuku, coZ je
perfektni feSeni pro dosazeni toho spravného zvuku pro Sirokou Skalu mikrofoni a
nastroji. Tento vSestranny vicekanalovy predzesilovac nabizi na kazdém kanalu také
volitelny kompresor a ddle osmikanélovy A/D pievodnik doplnény o Ctyti linkové vstupy.
Ctyfi Twin-Finity™ mic/line pfedzesilovace, dvoucestné 285V Class-A lampovy nebo
transimpedan¢ni polovodicovy predzesilovac, sfaizované michani lampové a polovodicové
cesty, designovany 1176 kompresor na kazdém kanale, osmikanalovy 24-bit A/D
prevodnik, pfepinatelnd samplovaci frekvence az do 192 kHz, digitalni vystup ADAT (2x
optika) a AES/EBU (D-Sub 25), 8-kanalovy soft limiter, 8-kanalovy, 24-bit, pfepinatelny
samplerate: 44.1 - 192 kHz, WC ADAT (2x pro S/MUX), AES/EBU vystup, clock
subsystém s minimalizaci jitterti, LED metery s indikaci clip/hold, 752 BNC word clock
I/0, Rack 19".

Stereo predzesilova¢

Dvoukanalovy diskrétni mikrofonni pfedzesilovac, konfigurace s kaskadni FET kaskodou
a bipolarnim 2. stupném, 2x mikrofonni vstup, 2x Hi-Z vstup, troven Sum -126dB EIN,
vstupni transformator, 2x symetricky vystup Class A s Grovni +36dB, volitelné vstupni
impedance 50/60/600/15000hm, VU meter, spinatelné +48V fantom napdjeni, obraceni
polarity, -20dB pad, nastavitelny HP filtr 30Hz - 185Hz@6dB/oktavu, nastavitelny zisk
+20dB az +64dB v krocich 4dB, jemna regulace zisku +/-3dB, frekven¢ni odezva 1Hz -
120kHz (-3dB), 19" rack montaz, vyska 2RU.

Stereo limiter kompresor

Dual-channel Tube/Limiter/Compressor with Stereo Link, 4 x hand-matched 6BA6
vacuum tubes, Balanced XLR inputs & outputs, INPUT Level Preset 3-way switches -3dB,
0, +3dB, Continuously variable OUTPUT level controls, Unity Gain set INPUT to "0" and
OUTPUT control to 11 o’clock. (Input source Z= 150 Ohms, Output load Z= 100 kOhms)
Maximum input level: (1 kHz Sine, <0.3% THD+N), -3 = +25 dBu, 0 = +21 dBu, +3 =
+18 dBu, Maximum GAIN: 13dB, GAIN makeup: 10dB (gain above unity), Output
Headroom: 23dB (referenced to +4dBu), Variable ATTACK control: 13msec - 130msec,
RECOVERY switch 5 steps: 0.1s, 0.16s, 0.32s, 0.64s, 1.7sec. Ratio Mode switches



between LIMIT (1.5:1 to 12:1) or COMPRESS (1.2:1 to 3:1), HP SC: High Pass Side
Chain Filter -3dB @ 100Hz @ 6dB per Octave, Frequency Response: - 0.8dB @ 20Hz, -
0.5dB @ 50kHz, Total Harmonic Distortion: <0.05% THD+N (1kHz Sine, +4dBu, BW:
20Hz - 22kHz), Noise floor: -85dB typical (BW: 20Hz - 22kHz), Dynamic Range: 112dB,
Signal to Noise Ratio: 89dB (referenced to +4dBu), Common-Mode Rejection Ratio
(CMRR): 74dB (BW: 20Hz - 22kHz, +4dBu, 1kHz Sine), Output Impedance: 100 Ohms,
Input Impedance: -3dB= 1 kOhms, 0dB= 2.5 kOhms, +3dB= 4.5 kOhms, Rack 19".
Producer Pack Channel Strip

Line Gain Range: +10dB to +40dB continuously variable, Input Impedance: >1M Ohm,
Mic Gain Range: 0 to +60dB in 10dB steps, Input Impedance: Variable as follows: 600
Ohm, 1k4 Ohm, 2k4 Ohm, 6k8 Ohm, EIN: -128dB with 150 Ohm terminating impedance
at 60dB of gain, Noise: -97dBu, THD: 0.001% with -20dBu 1kHz input and 20Hz-22kHz
bandpass filter, Compressor (VCA mode) Threshold Range: -28dB to +12dB, Ratio: 1.5:1
to 10:1, Slope: Soft knee, Attack: 100us to 100ms, Release: 100ms to 7s, variable or auto
(program dependent), Compressor (Vintage Opto mode) Threshold Range: -28dB to
+12dB, Slope: Soft knee in Comp mode, Hard knee in Lim mode, Attack: Fixed, Release:
Fixed, EQ: Low Pass Filter: 18dB/oct from 400Hz to 22kHz, Parametric Section:
Comprised of low-mid & Hi-mid parametric, each with continuously variable boost/cut
with centre detent, frequency sweep control with two ranges, and fully variable Q. Low-
mid frequencies 40Hz to 400Hz (120Hz to 1k2Hz when x3 is pressed). Hi-mid frequencies
600Hz to 6kHz (1k8Hz to 18kHz when x3 is pressed, Shelving section: Comprised of:
high frequency shelf, with frequency range steps of 1.5kHz, 3.3kHz, 6.8kHz and 15kHz
(2.2kHz, 4.7kHz, 10kHz and 18kHz when Hi Range is engaged), and low frequency shelf,
with frequency range steps of 20Hz, 56Hz, 160Hz and 460Hz (33Hz, 95Hz, 270Hz and
655Hz when Hi Range switch is engaged), Gate Threshold Range: -40dB to +10dB, Gate
Range: 0 to -80dB, Attack: Switched fast or slow, Release: 100ms to 5s, Hold: 20ms to 4s,
Expander Ratio: 0 to 5:1, De-Esser Threshold Range: 22dB, Frequency Range: 2k2 to 9k2,

Ratio at centre frequency 2:1.
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Mikrofonni predzesilova¢

8 kanalt, 8x mikrofonni vstup, 8x linkovy vystup, Zisk -30 az -70 (5dB krok), LED Gain
Meter, 48V Fantom, Filtr horni propust (-6dB/oktava, 80Hz), Funkce phase reverse, Mute,
Pad, Impedance 10k, vystup s transformatorem, zesilovac tiida A, frekven¢ni rozsah 20Hz
- 20kHz, Vystup +26dBu@ 1kHz, Sum -90dB, 19" rack montaz, vyska 2RU.

Mikrofonni predzesilova¢

8 kanali, 8x mikrofonni vstup, zisk 0 az 60dB (krok 10dB), Sum -97dBu s pasmovou
propusti 22Hz-22kHz, odstup signél Sum 106dB, frekvenéni odezva (zisk 60dB) -
3dB@16Hz, -3dB@85kHz, CMRR 91.8dB, 8x linkovy vstup, zisk -20dB az 10dB (krok
10dB), 8x linkovy vystup, 19" rack montaz, vyska 2RU.

Rack zkoseny do rezZie

Sestava 19" rack pro integraci do podstavce mixazni konzole, 4 segmenty pro umisténi
techniky, 14U, zakazkova vyroba. Ctyfi zadni oteviratelna dviika umoznuji snadny piistup
k zatizenim pfi instalaci i servisu. Nad dvifky jsou vétraci otvory kvili proudéni vzduchu
od zatizeni, kterd vytvaii pti provozu teplo. Pod dvitky je par zdsuvek 230V. Rack je
doplnén o odkladaci plochu pro notebooky a zazemi uzivateld. Material: kombinace
lakovana MDF a lamino s perlickovym povrchem. Barevnost stfibrna a antracit.
Konstrukce je modulérni, plné rozebiratelna.

Prepojovaci panel analog

Manualni pfepojovac audio, 128 kanalli, 64 In/ 64 Out, 3polovy konektor GAS323 LA C,
preslech kandlii > 100 dB pro 10 kHz, rack montdz; rozméry 19" x 3RU, kompletni.
Piepinac pro displaye a lampy

Spinaci jednotka pro dvé externi svételnd zatizeni, samostatny vystup pro ptipojeni Studio
displaje XT2 nebo SD2, zapojeni do USB portu na pocitaci (PC nebo Mac), indika¢ni LED
na predni strané, indikuje nahrévani (Cervend) a record ready/preroll (Zluta u Pro Tools),
napaje¢ DC 12 V, standardni USB kabel 2m je soucasti, rozméry: 55 x 73 x 24mm (§ x h x
V).

Viceucelovy display

USB piipojeni pies PunchLight Dli, ¢ervena barva segmentl - nahravani, zelena barva

segmentil - prehravani, oranzova barva segmentt - "ready", vSechny formaty SMPTE



timecode, zobrazuje doby, takty, samply, feet + frames, zobrazeni vlastni zpravy, hodiny -
zélohované interni baterii, rozméry ramu: 550x120x38 (8§ x v x h) mm, délkovy ovladac.
Recording display

Recording display indikuje stav nahravani, dva aktivni stavy, oranzovy, ¢erveny.
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3.2 Machine room

19" Rack 45U

19" stojanovy rozvadec 45U s krytim IP30, vnéjsi rozméry 600x800 mm, uzavieny, sklenéné
dvefte, nosnost min 600kg.

Switch DANTE Primary

26X (10/100/1000 Mbps) RJ-45, 2x SFP a 2x kombo mini-GBIC porty (kazdy z porti
obsahuje 1x 10/100/1000 Ethernet a 1x mini-GBIC/SFP Gigabit Ethernet slot, aktivni mize
byt v danou chvili pouze jeden), USB slot. Cetné bezpeénostni funkce - SSL, ACL, VLAN
(podpora pro soubéznych 4096 VLAN), IEEE 802.1X, ARP, IP Source Guard, DHCP,
IPMB, IPv6, SCT, PVE, RADIUS, TACACS +, SSH, SNMPv3 spolu s ochranou proti DoS
utoklim a spoofingem IP adres. Pokrocila technologie (BDPU Guard) pro detekci nespravné
nekonfigurovanych zatizeni.

Switch DANTE Secondary

26x (10/100/1000 Mbps) RJ-45, 2x SFP a 2x kombo mini-GBIC porty (kazdy z portl
obsahuje 1x 10/100/1000 Ethernet a 1x mini-GBIC/SFP Gigabit Ethernet slot, aktivni mize
byt v danou chvili pouze jeden), USB slot. Cetné bezpe¢nostni funkce - SSL, ACL, VLAN
(podpora pro soubéznych 4096 VLAN), IEEE 802.1X, ARP, IP Source Guard, DHCP,
IPMB, IPv6, SCT, PVE, RADIUS, TACACS +, SSH, SNMPv3 spolu s ochranou proti DoS
utoklim a spoofingem IP adres. Pokrocila technologie (BDPU Guard) pro detekci nespravné
nekonfigurovanych zatizeni.

Zalozni zdroj napajeni UPS

Zalozni zdroj UPS, 2U Rack Space, Pure Sinewave Output, Online (Double Conversion)
UPS Topology, Rack/Tower Convertible Configurations, EMI, RFI, Surge and Lightning
Spike Protection, Critical Load Outlets, Phone/Fax/Modem/DSL/Network Protection, Auto-
Restart/Auto-Charge, Emergency Power Off (EPO) Port, Multifunction LCD Readout,
Rotatable LCD Indicator, USB & Serial Connectivity Port, Extended Runtime (XL) Models
Hot-Swappable Battery Packs, Dual Input, Smart Fan Speed Control By Load Level,
Economy Mode setting, Smart Battery Management(SBM), Remote Control/Wall-
Mountable LCD panel, Generator Mode setting, SNMP/HTTP Remote Management



Capability (Optional), PowerPanel® Business Edition Software, Capacity (VA): 3000,
Capacity (Watts): 2700, On Battery Waveform: Pure Sine Wave, Outlet Type (Socket): IEC
C13 x 8, IEC C19 x 1, Outlets - Battery & Surge Protected (Socket): 9, Outlets - Critical
Load (CL) (Socket): 5, Qutlets - Non-Critical Load (NCL) (Socket): 4, Typical Transfer
Time (ms): 0, Runtime at Half Load (min): 9, Runtime at Full Load (min): 3, Typical
Recharge Time (Hours): 5

LAN interface pro UPS

Karta rozhrani LAN pro UPS, Remote Management HTTP, NMS, Auto Shutdown
Workstations, Multiple Servers, Upgradable User Firmware, Auto Event Notification E-
mail, SMS, SNMP TRAP, Remote Scheduling Shutdown, Startup, Reboot, Ethernet Speeds
(Mbps) 10/100

AV maticovy prepina¢ 8x4

Maticovy piepinac, kapacita 8x4, 6x HDMI vstup, 2x DTP/HDBaseT vstup, 4x HDMI
vystup, 2x DTP/HDBaseT vystup, 6x analog stereo vstup, 4x analog stereo vystup, 4x
mikrofonni/linkovy vstup, S/PDIF vystup, podpora rozliSeni 3840x2160@60 (4:2:0 8bit),
integrovany video scaler, datovy tok 10.2Gbps, podpora HDMI 1.4, HDCP 1.4, 19" rack
montaz vyska 2RU, RS232, Ethernet rozhrani.

Ridici centrala

Ridici jednotka, min. 512MB SDRAM, min 4.5GB Flash, 3x RS232, 2x IR/Serial, 4x Digital
I/0, 4x Relé, sbérnice pro napojeni tlacitkovych paneltt (BUS), ovladani a monitoringu po
Ethernetu, podpora HTTP, HTTPS, SSH, SFTP, SMTP, NTP, DJCP, DNS, ICMP, BACnet,
KNX, DALI. Gigabit Ethernet, podpora dotykovych paneld.

BUS Distributor

Distribucni jednotka pro napojeni sbérnice BUS a 3 tlacitkovych panelt, kompatibilni s
ovladdacim panelem a fidici centralou.

Ovladaci panel nasténny

Ovladaci tlacitkovy panel, 8x podsvicené tlacitko, 1x oto¢ny regulator, 1x indikétor

hlasitosti, sbérnice pro napojeni na fidici jednotku.
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Pievodnik TP na HDMI

Ptevodnik TP na HDMI, pifenos HDMI signalu o rozliSeni 1080p60 po TP kabeldZi na
vzdalenost 70m, maximalni datovy tok 10.2Gbps, podpora DVI 1.0, HDMI 1.4, HDCP 2.2,
pienos RS232 a stereo zvuku po TP kabelazi, Konektivita: RJ45 vstup, HDMI vystup, stereo
audio vystup, RS232

Pievodnik Dante

Ptevodnik Dante™, 6x mikrofonni/linkovy audio vstup s pfevodem do Dante™, 4x
nezavislé kanaly AEC, 4x linkovy vystup z Dante™, 32/64 bit float point DSP, 24bit/48kHz
AD/DA konvertor, integrovany 4 portovy Gigabit Ethernet switch, USB pro konfiguraci
zafizeni.

Jednotka pro bezdratovou prezentaci, multiplatformni

Jednotka pro bezdratovou prezentaci obrazu a zvuku z mobilnich zafizeni, podpora
Microsoft Windows, OS X, smart telefony a tablety Apple a Android, sdileni obsahu
pomoci stavajici bezdratové sité a dedikované aplikace, Gigabit ethernet rozhrani, 3x USB
rozhrani, HDMI a VGA video vystup, podporované rozliSeni 1080p60, napéjeni pomoci
PoE 802.3at.

Zaznamové a stream zarizeni (2 zdroje, H.264)

Zaznamové a stream zafizeni, 3x HDMI vstup, 1x komponentni vstup, 1x HDMI loop thru,
1x HDMI preview, 2x stereo analog audio vstup, 1x stereo vystup, komprese H.264/AVC
(High, Main, Baseline), datovy tok 200kbps aZ 10Mbps, interni SSD 400GB pro zaznam,
USB pro externi uloziste, podpora rozliseni az 1080p60, zaznam a stream dvou kanalt
soucasn¢, podpora FTP, SFTP, CIFS, CIFS/SMB, NFS, audio processing 16bit4 8/44,1kHz,
80 - 320kbps, stream RTP,/RTCP, RTSP, RTP/RTSP through HTTP, MPEG2-TS/UDP,
MPEG-TS/RTP, Direct RTP, SAP, SDP, unicast/multicast, RTMP, fizeni po RS232 a
Ethernetu.

PTZ kamera (HDMI, LAN, RS-232)

PTZ kamera, min. rozliSeni 1920x1080p, opticky zoom min. 20x, HDMI/SDI video vystup,
H.264/H.265/MJPEG RTMP/RTSP IP stream, RS232, Ethernet, PoE.



Relé jednotka do rozvadéce

6 kanalova relé jednotka, spinani zatéze 230V/10A, testovaci tlacitka, programovatelné
parametry pro kazdé relé, indikace napajeni a stavu relé, ovladani po RS485, montaz DIN
lista.

Jednotka pro potlaceni EM ruSeni

EMI odrusovaci jednotka, 3x RC odrusovaci ¢len pro spinani motorti, maximalni proud 10A,
napsti do 275V, montéaz DIN lista.

Ridici modul pro piediadniky DALI

Ridici modul DALI piediadniki, DALI sbérnice, podpora az 64 stmivatelnych piediadnika
DALL, 15 nezévislych skupin, kontakty pro ovladani 2 skupin, fizeni po RS485, montaz DIN
lista.

Prevodnik RS232 na RS 485

Datovy prevodnik RS232-RS485, automaticky poloduplexni provoz, montaz DIN lista.
Dalkové/LAN fFizeni distribuce napajeni, 4x 230V (nezavislé)

Jednotka fizeni distribuce, 4x samostatné ovladany IEC vystup 230V/10A, Ethernet rozhrani
pro fizeni zasuvek, integrovany webserver.

Vysila€ pro IR systém pro nedoslychavé

Digitalni stolni vysila¢ pro nedoslychavé 863-865 MHz 6-8 kanalu, véetné napajeciho
zdroje, antény a adaptéru.

Digitalni prijimaci jednotka systému pro nedoslychavé

Digitalni TourGuide pfijimac, 863-865 MHz.

Indukéni smyc¢ka pro prijimaci jednotku

Indukéni smycka s kabelem 40 cm, 3,5 mm jack, 28 Ohmu.

Anténa

Pasivni smérova anténa 450-960 MHz.

DCI projektor

Barevny svételny vystup, 15.000 lument- 10.500 lumenti (ekonomicky) v souladu s normou
IDMSI15.4, Bily svételny vystup 15.000 lumeni - 10.500 lument (ekonomicky) v souladu s
normou ISO 21118:2012, Barevny svételny vystup v orientaci na vysku 15.000 Im, Bily
svételny vystup v orientaci na vysku, 15.000 Im, RozlisSeni WUXGA, 1920 x 1200, 16 : 10,
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Vysoké rozlisSeni (HD) technologie 4K Pomér stran obrazul6 : 10 Kontrastni
pom¢ér2.500.000 : 1 Native Contrast 2.000 : 1 Zdroj svétlaLaser Zdroj svétla20.000 Hodiny
Durability High, 30.000 Hodiny Durability Eco Korekce lichobéZnikuManualni vertikalni:
+ 45 °, Manualni horizontalni + 30 © Reprodukce barev az 1,07 miliardy barev.

Objektiv pro projektor

Objektiv pro dany typ projektoru zajistujici projekci obrazu na platno Sitky 6m.

Dolby server

Audio dekodér Dolby AC3, DTS Master Audio/DTS ES/DTS 5.1/Neo:6, Podpora formatt
az 11.1 a 13.1, Digitalni audio vstupy: 16 kanalu, AES/EBU, vzorkovaci frekvence
44.1/48/96/192kHz, 2x TOSLINK, 1x koaxialni S/PDIF, Analogové audio vstupy: 8X
symetricky analogovy vstup, 2x stereo vstup, 1x mikrofonni vstup (48V Fantom), HDMI
audio a video vstupy, az 8 kanalia (PCM, DTS-HD Master a Dolby AC3), 4x HDMI vstup,
1x HDMI vystup, HDMI 1.3 kompatibilni, Digitalni audio vystupy: 16 kanali, AES/EBU,
vzorkovaci frekvence 48/96/192kHz, Analogové audio vystup: 16 symetrickych kanald,
Ethernet rozhrani, RS232.

Vykonovy zesilova¢ 8 kanalu - hlavni kino ozvuceni

Vykonovy zesilova¢ 8 kanal, 8x500W/40hm, bridge 1000W/4/80hm, integrované DSP
24bit/48kHz, matice 8x8, vstupni 5ti pasmovy PEQ, vystupni 9ti pasmovy EQ, 8x linkovy
audio vstup, 8 kanalit AES/EBU, 24bit/48kHz, Ethernet rozhrani.

Vykonovy zesilova¢ 8 kanalu - surround kino ozvuceni

Vykonovy zesilovac 4 kanald, 4x 250W/40hm, integrované DSP 24bit/48kHz, matice 4x4,
vstupni 5ti pasmovy PEQ, vystupni 9ti pasmovy EQ, 8x linkovy audio vstup, 4 kanala
AES/EBU, 24bit/48kHz, Ethernet rozhrani.



3.3 Recording room / classroom

Pripojné misto pro prezentaci zapustné

Pfipojné misto pro katedru a nasténné (do akustického obkladu u okna). Konektivita LAN,
VGA-+A, HDMI, 2x Speakon (LFE pro kinorezim).

Prfipojné misto pro studiovy provoz

Ptipojné misto pro studiovy provoz, konektivita 24x XLR, 3x data (UTP CAT6A), Ix DMX
(5 pin), 2x coax, 2x DANTE

Katedra

Katedra pro vyucujiciho s prostorem pro technologicky stojan s AV technikou. Ventila¢ni
otvory pro vétrani ve spodni 1 horni ¢asti. Do horni desky jsou instalovana piipojna mista,
popt. ovladaci panely.

TFi-vstupovy AV prepinac s pfevodnikem na HDBaseT

Vstupy: 2x HDMI,VGA+audio. Automatické pfepinani s nastavenim priorit vstupt. UTP
pfevod, vzdalenost do 70 m, rozliSeni min. 1080p/60. Vystup: HDBaseT/DTP (RJ45),
véetné obousmérného tizeni RS232.

Piipojné misto nasténné s TP prevodnikem

Vstupy: DisplayPort, HDMI+audio. UTP pifevod, vzdalenost do 70 m, rozliSeni min.
1080p/60.

Vystup: HDBaseT/DTP (RJ45). 2x Speakon (pro mobilni subbasové reprosoustavy).
Piipojné misto nasténné UTP

Min. 4 x UTP, v¢etné RJ45 konektori (CAT6A), zapusteno do akustického obkladu.
Keramicka tabule

Keramicka tabule pro popis fixem, bila, magneticka. Sitka 300 cm, vyska min. 120 cm,
montaz na sténu.

Mikrofon

Stereo par mikrofont. Nabizi pét zvukovych charakteristik, které se hodi pro vSechny
nahravaci situace, at’' uz jde i zdznam orchestru, nstroje nebo vokalu. Typ: Kondenzéatorovy,
Vhodné pro: Univerzalni, Smeérova charakteristika: Kardioida, S$iroka kardioida,

hyperkardioida, kulova, osmicka, Frekven¢ni rozsah: 20 Hz - 20 kHz, Impedance: 200 Ohm,
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Velikost membrany: 1", Obsah baleni: Mikrofon, odpruzeny drzak, protivétrny kryt, sit’ka,
kufr.

Mikrofon

Tuzkovy kondenzatorovy mikrofon s vysokou citlivosti (20 mV/Pa), kulovd smérova
charakteristika, specianni kénicky tvar pro nizké zkresleni a pfesnou smérovou char. i na
vys$$ich kmitoétech, vyrovnana kmitoctova charakteristika 20Hz-20kHz, max. akusticky tlak
134 dB, vhodny jako nastrojovy nebo meéfici mikrofon. Frekvencni rozsah od 20 Hz,
frekvencni rozsah do 20 kHz v toleranci +/- 2dB, typ mikrofonu: kondenzatorovy
ptedpolarizovany, charakteristika: koule, citlivost: 20 mV/Pa, max. SPL: 134 dB,
impedance: <40 ohm, konektor:
xIr-male, napajeni: fantom +48V.

Mikrofon

Stereofonni  dvojice  (parovana) studiovych mikrofonti. Univerzalni studiovy
kondenzatorovy mikrofon s kardioidni smérovou charakteristikou, typ mikrofonni vlozky:
pfepolarizovany kondenzatorovy, Frekvennci rozsah: 20 Hz to 20 kHz, Frekven¢ni rozsah,
+2 dB: 40 Hz to 20 kHz, Citlivost, nominalni £2 dB at 1 kHz: 10 mV/Pa; -40 dB re. 1 V/Pa,
Equivalentni arovei vlastniho Sumu, filtr A, re. 20 pPa: Typ. 18 dB(A) re. 20 pPa (max. 20
dB), ITU-R BS.468-4: Typ. 25 dB (korekce s nastavenym attenuatorem pro 0 dB nebo -20
dB), S/N odstup (filtr A), pro 1 kHz at 1 Pa (94 dB SPL): Typicky 76 dB(A), Celkové
harmonické zkresleni (THD): <1 % az do 139 dB SPL peak, Minimalni vstupni impedance:
2 Kohm, Dynamicky rozsah: typicky 121 dB, Max. SPL, peak pted klipovanim: 159 dB,
Ptepinaci atenuator: 0 dB / -20 dB, Vystupni impedance: < 200 ohm, Délka kabelu
maximalni: 100 m (328 ft), Napéjeni zdroj: 48 V Phantom power (£ 4 V), Proudovy odbér:
2.8 mA, Konektor: XLR-3M.

Mikrofon

Mikrofonni sada se specifikaci mikrofonu: Smérova chrakteristika: Superkardioidni, Typ:
Pre-Polarized kondenzator, Frekvenéni rozsah: 20 Hz - 20 kHz, 80Hz - 15kHz s mékkou
boost 2dB na 10-12kHz (+/-2dB na 20cm), Citlivost: 6mV/Pa; -44dB re. 1 V/Pa (nominalni,
+/-3dB pii 1kHz), Ekvivalentni hladiny zvuku: Typicky 23dB(A) znovu. 20 pPa (max.
26dB(A)), S/N pomér: Typicky 71dB(A) (re. 1kHz 1 Pa (94 dB SPL)), Celkové harmonické



Distortion: < % 1 az Maximalni SPL 131dB, Dynamicky rozsah: Typ. 108dB, Maximalni
SPL: 142dB, vrchol pted stfithanim. Sada obsahuje: 10x néstrojovy mikrofon, 8x klipsa pro
housle, 4x Kklipsa pro kytaru, 2x klipsa pro violoncello, 2x klipsa pro baskytary, 2x klipsa
pro klavir, 2x klipsa pro saxofon a trubku, 4x prodluzovaci kabel 1,6 m, 2x mikrofonni klip
pro univerzalni pouziti, 2x mikrofonni upinaci drzéky, 1x mikrofon Stand Mount, 4x
MicroDot 3-Pin XLR adaptért (s pas klipy)

Mikrofon

Mikrofonni stere set. Microphone Type: Condenser. Polar Pattern: Omni. Frequency
Response: 20Hz-20kHz. Max SPL: 130dB. Output Impedance: 600 ohms. Signal to Noise
Ratio: 83dB. Self Noise: 11dB (A weighted). Low Cut Filte: 20Hz. Connector: XLR. Sada
obsahuje: 2x mikrofon s v§esmérovou mic vlozkou, 2x drzak mikrofonu, 2x Popscreens.
Mikrofon

Malomembranovy kondenzatorovy mikrofon, kardiodni smérova charakteristika, max. SPL:
138dB, frekvenéni rozsah 20Hz - 20 kHz, beztransformatorovy design, soucasti baleni drzak
a ochrana proti vétru. Technické udaje: Malomembranovy kondenzatorovy mikrofon,
Beztransformatorovy design, Frekvenéni rozsah: 20 Hz - 20 kHz, Smérova charakteristika:
kariodni, Citlivost: 15 mV/Pa, Impedance: 50 Ohm, SNR: 81dB (A), 72dB (CCIR),
Ekvivalentni Sum: 13 dB (A), 22 dB (CCIR), Maximalni SPL: 138 dB (THD < 0,5%),
Dynamicky rozsah: 122dB (A), Télo: kovové, Konektor: XLR, Phantomové napdjeni:
+48V.

Mikrofon

Kondenzatorovy mikrofon uréeny pfedevim pro pouziti ve studiovém prostiedi. Technické
udaje: Kondenzatorovy mikrofon, Primér membrany: 25,4 mm, Smérova charakteristika:
kardioida, Frekven¢ni rozsah: 20 — 20 000 Hz, Citlivost: 16 mV / -36 dBV, S/N: 86 dB-A,
Vlastni Sum (equivalent noice level): 8dB, Dynamicky rozsah: 135 dB-A, Pfepinatelny pad:
0/10/20dB, Max. SPL: 143 / 153/ 163 dB, Bass-Cut filtr: 12 dB / oktava @ 40 Hz nebo
6 dB / oktava @ 300 Hz, Impedance: < 150 Ohm, Napéjeni: 48 V (spotieba 5,1 mA).
Mikrofon

Kardioidni kondenzéatorovy mikrofon. Typ snimace (mikrofonu): kondenzatorovy, Smérova

charakteristika: kardioidni (ledvinova), Frekvenéni rozsah: 35 ... 50 000 Hz, Citlivost: 20
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mV/Pa, Jmenovitd impedance: 25 Ohm, Min.zaté¢Zzovaci impedance: 1000 Ohm, Uroveii
Sumu: 13 dB, Odstup signal / Sum: 22 dB, Max.akusticky tlak: 142 dB SPL, Nap4jeni:
Phantom 48 V + 4 V, Nap4jeci proud: 3.3 mA, Konektor: XLR-3-M.

Mikrofon

Vhodny pro snimani klaviru nebo bicich (tomy, kopak). Moznosti jeho pouziti vyrazné
rozsifuje pétipolohovy pirepina¢ urovné bast. Typ snimace (mikrofonu): dynamicky,
Smeérova charakteristika: kardioidni (ledvinova), Frekven¢ni rozsah: 30 ... 17 000 Hz,
Citlivost: 2,0 mV/Pa = 3 dB, Jmenovitd impedance: 200 Ohm, Min.zaté¢zovaci impedance:
1000 Ohm, Konektor: XLR-3-M.

Mikrofon pro zpév

Mikrofon pro hlavni zpév, doprovodny zpév, konstrukce: dynamickd, smérova
charakteristika: kardioida, frekven¢ni rozsah: 50 - 15,000 Hz, citlivost: -54.5 dBV/Pa (1.85
mV), impedance: 300 Ohm, vypinac: ne, konektor: XLR.

Mikrofon pro zpév

Superkardioidni dynamicky vokalni mikrofon, frekvenéni rozsah: 50 - 16,000 Hz, citlivost:
-51,5 dBV/Pa, (2.2 mV), impedance: 290 Ohm, konektor: XLR, vypinac: ne.

Mikrofon nastrojovy, zpév

Mikrofon pro snimani hudebnich nastroji i zpévu, Konstrukce: dynamicka, Smérova
charakteristika: kardioidni, Frekven¢ni rozsah: 40Hz - 15kHz, Odpor: 1500hm, Citlivost
(na 1 kHz): -54,5 dBV / Pa, T¢lo: kovové, Konektor: XLR, Pouziti: Elektricka kytara a
baskytara, Zestové nastroje, Saxofon, Harmonika, Maly buben, Tomy, Konga, Zp¢v.
Mikrofon nastrojovy

Dynamicky mikrofon nastrojovy - pro nizké kmitocty, neodymiovy magnet, zvySena
odolnost, Konstrukce: dynamicka, Smérova charakteristika: superkardioida, Frekvencni
rozsah: 20 Hz - 10 kHz, Impedance: 150 Ohm, Max SPL: 174 dB, Citlivost (1 kHz): -64
dBV/Pa, T¢lo: kovové, zesilené, Integrovany adaptér pro montaz na stojan s vystupnim
konektorem, Konektor: XLR, Pouziti: Velky buben, Baskytara, Akusticka basa.

Mikrofon nastrojovy

Dynamicky mikrofon pro nastroje a zp€v, neodymiovy magnet, konstrukce: dynamicka,

Smérova charakteristika: superkardioida, Frekvenéni rozsah: 50 Hz - 16 kHz, Impedance:



150 Ohm, Citlivost (1 kHz): -51 dBV/Pa, T¢lo: kovové, zesilené, Konektor: XLR, Pouziti:
Maly buben, Tomy, Conga, Perkuse, Elektrickd kytara a baskytara, Zestové nastroje,
Saxofon, Solovy zpév a Vokaly.

Mikrofon nastrojovy

Nastrojovy kondenzatorovy boundary mikrofon pro basovy buben, konstrukce:
kondenzatorova (elektret; boundary), Smérova charakteristika: ptl-kardiodni (snima pouze
60° vysek na horni stran¢), Pfepina¢ Contour (Low-Mid Scoop: -7 dB @ 400Hz),
Impedance: 146 Ohm, Vlastni Sum: 29,5 dB (A), Frekven¢ni rozsah: 20 Hz - 20 kHz, Max
SPL: 155dB, Dynamicky rozsah: 125,5 dB, Odstup signalu od Sumu: 64,5 dB, Citlivost: -
48,5 dBV/Pa, CMRR: >55 dB, T¢lo: kovové, Napdajeni: 11-52V phantomové, Konektor:
XLR.

Mikrofon nastrojovy

Dynamicky mikrofon pro kytarové aparaty, Typ mikrofonu: dynamicky, Smérova
charakteristika: superkardioidni, Frekvenc¢ni rozsah: 40 Hz — 18 kHz, Citlivost: 2,2 mV/Pa,
Jmenovitad impedance: 350 Ohm, Minimalni zatéZzovaci impedance: 1 kOhm, Konektor:
XLR 3-M, Pouziti: kytarovy aparat, perkuse, snare buben, tomy, akustické nastroje.
Mikrofon nastrojovy

Dynamicky mikrofon pro bici a perkuse, Typ mikrofonu: dynamicky, Smeérova
charakteristika: kardioidni, Frekven¢ni rozsah: 40 Hz — 18 kHz, Citlivost: 2 mV/Pa,
Jmenovita impedance: 350 Ohm, Minimalni zatéZzovaci impedance: 1 kOhm, Konektor:
XLR 3-M, Pouziti: bici (snare, tomy), perkuse, zesté, Leslie, kytarovy aparat.

Mikrofon nastrojovy

Stereo par kondenzatorovych malomembranovych mikrofonti, kardioidni charakteristika,
volitelny Utlum a filtr spodnich frekvenci. Konstrukce: kondenzatorovd. Smérova
charakteristika: Kardioida. Frekven¢ni rozsah: 20 Hz - 20 kHz. Phantomové napajeni: 9 - 52
V. Proudovy odbér: 2 mA. Impedance: 200 Ohm. Max SPL: 135/145/155 dB (dle zvoleného
utlumu). Vlastni Sum: 18 dB - A. SNR: 76 dB. Dynamicky rozsah: 137 dB. Nap4jeni:
externi. T¢lo: kovové. Konektor: XLR. Barva: niklova. Odpruzeny drzék H 5 + kufiik,

Pouziti: Akustické nastroje, Perkuse, Bici, Overhead, Akusticka kytara.
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Sluchatka

Dynamické uzaviena sluchatka jsou specidlné navrzend pro bubeniky a monitoring zivych
vystoupeni (FOH monitoring). Poskytuji izolaci od okolniho ruchu a diky volume ovladaci
umisténému na kabelu 1ze upravovat hlasitost. Technické tidaje: Typ: Uzaviend, Frekvencni
rozsah: 5 Hz - 30 kHz, Impedance: 80 Ohm, SPL: 105 dB, Volume ovladac: soucasti kabelu,
Citlivost: 105dB.

Sluchatka

Dynamicka sluchétka, Odnimatelny kabel, Frekvence od 10 Hz do 39 500 Hz, Citlivost 103
dB/mW, Impedance 300 Ohm.

Sluchatka

Dynamicka oteviena sluchatka s vynikajicim pfednesem. Frekvenéni rozsah 10 - 39500 Hz,
urovenl akustického tlaku (SPL) 103 dB, jmenovitd impedance 300 ohmt, harmonické
zkresleni pod 0,05% THD, odpojitelny piivodni kabel, konektor 6,3 mm jack a redukce na
3.5 mm jack, Citlivost: 103 dB/mW, Kmitoc¢et min. 10 Hz, Kmitoc¢et max: 39500 Hz.
Recorder

Mixézni audiorekordér s dvanacti analogovymi vstupy a moznosti nahravani az do Sestnécti
stop na SD ¢i CF karty, rizné vzorkovaci frekvence véetné 192 kHz, kterd maze byt pouZzita
dohromady az na Sesti stopach. Frekvenc¢ni rozsah: 10 Hz - 40 kHz, Napéjeni: 10 - 18 V
Hirose, 5 x AA baterie/NiMH, Pamétova média. SD,SDHC,SDHX,CompactFlash

Di-Box

2-kanalovy aktivni 48V phantom DI box se spinanym zdrojem, PAD switch -15dB, 48V
LED check, HP Filter switch, Polarity switch, Ground-lift, 2x 6,3mm vstup, 2x 6,3mm Thru
vystup, 2x XLR vystup.

Di-Box

Stereo DI box pro zvukové karty a spottebni elektroniku.

Di-Box

High performance aktivni direct box - Rozs8ifeny dynamicky rozsah a pracovni prostor
(headroom) - 48V phantom napajeni se spinanym zdrojem - Idealni pro baskytary a
akustické kytary Radial Pro48 je kompaktni high-performance 48V phantom powered

aktivni direct box navrZzeny pro moderni ndstroje se silnym vystupnim signalem.



Di-Box

Aktivni DI-BOX, pfevod nesymetrickych signali na symetrické, zpracovani nastrojovych /
linkovych / silovych signalli, nesymetrické vstupy "4 jack a XLR, izolovany symetricky
vystup XLR, paralelni LINK vystup Y4 jack, utlumovy clanek PAD, EARTH/LIFT
piepinac, napajeni fantom nebo 9V baterie. Vstupni impedance: 1 mOhm (pad na 0dB), 47
kOhm (pad na -20dB nebo -40dB), Max. vstup: +9dBu (pad na 0dB), +29dBu (pad na -
20dB), +49dBu (pad na-40dB), Max. vystup: +8dBu / 600 Ohms nebo vyssi, THD: <
0.005% / 1khz, 0dbu vystup, Sum: -105db nesym., 22 Hz — 22 kHz, RMS, Frekvenéni
rozsah: 30Hz az 20kHz, +0dB/-1dB, Vstupni konektory: %4 jack a XLR, Vystupni
konektory: XLR (hlavni), ¥4* jack (LINK), Nap4djeni: fantom +20 / +48 V, baterie 9V.
Di-Box

Pasivni DI box vybaveny trafem, 100% izolace eliminuje zemni smycku, Virtudlni nulové
urovné fazového a harmonického zkresleni, Vyjimecné zpracovani signalu, Vysoce ucinné
obvody potladeni Sumu, Vstup 6,3mm mono Jack, Vystup (prichod do nastrojového
zesilovace) - 6,3mm mono Jack, -15dB Pad pro eliminaci silného vstupniho signalu, Ground
Lift (pfi problémech se zemni smyckou), Otaceni faze o 180°, Merge funkce pro piipojeni
stereo (samlpery, synth, bici automaty, apod) zdrojti a jejich slou¢eni do mono XLR vystupu.
M-S stereo mikrofon

M-S stereo kondenzatorovy mikrofon typu "polopuska". Mikrofon pro pouZziti ve filmu,
rddiu a televizi, v mistnosti 1 otevieném prostoru. Typ snimace (mikrofonu):
kondenzatorovy, Smérova charakteristika: M - super-kardioidni, S - osmic¢kova, Frekvencni
rozsah: 40.....20000 Hz, Citlivost: 25 mV/Pa £ 1 dB, Jmenovita impedance: < 25 Ohm,
Min.zatéZovaci impedance: 1000 Ohm, Uroven §umu: M - 14 dB, S - 22dB, Odstup signal /
Sum: M - 26 dB, S - 24 dB, Max.akusticky tlak: 130 dB (63Pa), Napajeni: Phantom 48 V +
4 V, Napajeci proud: 2 X 2.3 mA
Provozni teplota: -20 ... +60 °C, Konektor: XLR - 5M.

Kapesni vysila¢

Kapesni vysila¢ s moznosti zmény vysilacitho vykonu, nabijeni akumulatori pfimo ve

vysila¢i. VF vysilaci vykon: 10, 30, 50 mW (US: 100 mW), Frekvencni rozsah VF: 516 -
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558 MHz, 558 - 626 MHz, 626 - 698 MHz, 718 - 790 MHz, 790 - 865 MHz, Sitka VF pasma:
max. 75 MHz, Pocet vysilacich frekvenci: 3000, Piedvolby: 64 x 20 + 6, Modulace: FM
Sirokopasmova, Systém potlaceni VF Sumu: HDX, Frekvencni rozsah: 25 - 18 000 Hz,
Odstup signal / um: >120 dB (A), Kmito¢tovy zdvih §./3.: +/- 24 kHz, Spi¢kovy kmitodtovy
zdvih: +/- 48 kHz
Vstupni konektor NF: Sennheiser 3-PIN (Lemo), Vstupni citlivost NF: 3 V (max), Napajeni:
akumulator nebo 2 x AA baterie 1,5 V, Doba provozu na baterie: 8 hod.

Kapesni prijimac

Kapesni vysila¢ s moznosti zmény vysilactho vykonu, nabijeni akumulatori piimo ve
vysila¢i. VF vysilaci vykon: 10, 30, 50 mW (US: 100 mW), Frekven¢ni rozsah VF: 516 -
558 MHz, 558 - 626 MHz, 626 - 698 MHz, 718 - 790 MHz, 790 - 865 MHz, Sitka VF pasma:
max. 75 MHz, Pocet vysilacich frekvenci: 3000, Pfedvolby: 64 x 20 + 6, Modulace: FM
Sirokopasmova, Systém potlaceni VF Sumu: HDX, Frekvencni rozsah: 25 - 18 000 Hz,
Odstup signal / $um: >120 dB (A), Kmitoétovy zdvih §./3.: +/- 24 kHz, Spi¢kovy kmitodtovy
zdvih: +/- 48 kHz
Vstupni konektor NF: Sennheiser 3-PIN (Lemo), Vstupni citlivost NF: 3 V (max), Napajeni:
akumulator nebo 2 x AA baterie 1,5 V, Doba provozu na baterie: 8 hod.

Kapesni prijimac

Diverzitni kamerovy piijima¢, vSechna nastaveni vcetné¢ naladéné frekvence lze rychle
synchronizovat s vysilaéem pies infraéervené rozhrani. Frekvenéni rozsah VF: 516 - 558
MHz, 558 - 626 MHz, 626 - 698 MHz, 718 - 790 MHz, 790 - 865 MHz, Sitka VF pasma:
max. 75 MHz, Pocet vysilacich frekvenci: 3000, Predvolby: 64 x 20 + 6, Systém potlaceni
VF Sumu: HDX, Frekvenc¢ni rozsah: 25 ... 18 000 Hz, Odstup signal / Sum: > 120 dB (A),
Kmito&tovy zdvih §./5.: +/- 24 kHz, Spickovy kmito&tovy zdvih: +/- 48 kHz, NF konektory:
2x jack 3,5 Line-Out/sluchatka, Vystupni troven (sluchatka): 2 x 12 mW/32 Ohm, Vystupni
uroven zvuku (nesymetricky): + 17 dBu, Napéjeni: akumuléator nebo 2 x AA baterie 1,5V,
Doba provozu na baterie: 6 - 10 hodin.

Klopovy mikrofon

Profesionélni lavalier (klopovy) mikrofon, jack 3,5mm konektor, 1.8m kabel, vcetné

ptislusenstvi. rekven¢ni rozsah VF: 50Hz - 20kHz, Smérovost: VSesmérovy, Hmotnost: 24



g, Typ mikrofonu: Kondenzétorovy - elektretovy, Citlivost (nomindlni pfi 1kHz): 8.9mV/Pa,
Ekvivalentni hladina Sumu: 28dB-A, Max SPL (1% THD), 123dB SPL. Vystupni
impedance (pii 1kHz): 700 ohma, Napajeni: +3V to +10V, Proudovy odbér: méné nez
0.5mA. Barva: Seda

Klopovy mikrofon

Profesionalni lavalier (klopovy) mikrofon, jack 3,5mm konektor, 1.8m kabel, véetné
prislusenstvi. rekven¢ni rozsah VF: 50Hz - 20kHz, Smérovost: VSesmérovy, Hmotnost: 24
g, Typ mikrofonu: Kondenzatorovy - elektretovy, Citlivost (nominalni pii 1kHz): 8.9mV/Pa,
Ekvivalentni hladina Sumu: 28dB-A, Max SPL (1% THD), 123dB SPL. Vystupni
impedance (pfi 1kHz): 700 ohmi, Napdjeni: +3V to +10V, Proudovy odbér: méné¢ nez
0.5mA.

Projekéni platno

Motorové rolovaci platno s plynulym nastavenim vysky obrazu, boc¢ni napinani platna,
ocelovy tubus, bezidrzbovy motor, viditelny rozmér obrazu min. 6x5 metru, perforovana
plocha se ziskem 1,8G a mikroperforaci.

Hlavni reproduktorova soustava vyhovujici DCI pozadavkim

Cinema reprosoustava, dvoupasmovy systém, ménice: 15" stfedobasovy, vysokotonovy
nepiimo vyzafujici se zvukovodem, zatizitelnost nejméné: 300W (2hod AES), nominalni
impedance 80hm, citlivost: 99 dB (1W/m), frekven¢ni rozsah nejméné: 44 Hz - 18 kHz (-
10dB), vyzatovaci chrakteristika 90°x90° (HxV)

Subbasova reproduktorova soustava vyhovujici DCI poZadavkim

Cinema subwoofer, méni¢: 1x18", zatizitelnost nejméné¢ 600W (pink noise), citlivost:
nejméne 97 dB (1W/m) pti 50-500Hz, nominalni impedance 8 Ohm

Efektova reprosoustava vyhovujici DCI pozadavkiim

Surround cinema reprosoustava, méni¢: 1x8"LF + 1x1"HF, zatizitelnost nejméné 150W
(pink noise), citlivost nejméné 91 dB (1W/m), nominalni impedance 8 Ohm, frekven¢ni
rozsah 50Hz - 20kHz (-10dB), vyzatovaci charakteristika 100°x90° (HxV)

Aktivni reprosoustava

Aktivni reproduktorova soustava. Pouzitelny rozsah (-10dB): 50 Hz - 20 kHz (preset).
Smérovost (-6dB): 90° Axi-symmetric. Minimum SPL: 131 dB (preset). Komponenty LF:
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1 x 12" instalovan v bass-reflexové ozvucnici, HF: 1 x 3”° driver s fizenim komprese.
Elektricka specifikace: Vstup: balanced, max level of +12 dBu (at 0 dB setting). DSP: 24
bit/48 kHz. Vykon zesilovace: 1000 W, 8 ohms

Repro hlavni

Pouzitelny rozsah (-10 dB): 55 Hz - 20 kHz (preset). Minimum SPL: 135 dB (preset).
Vyzatovaci uhel (-6 dB): 30° x 90°. Ménice: LF: 1 x 12”°, vodéodolné provedeni, bass-
reflex, HF: 1 x 3”’, neodymova membrana compression driver. Nominal impedance: 8C).
RMS power handling: 450 W. Konektory: IN: 1 x 4-point SpeakOn LINK: 1 x 4-point
SpeakOn

Subbasové reprosoustavy

Spodni limitni frekvence (-10dB): 32 Hz (preset). Minimum SPL: 136 dB (preset). RMS:
700W (preset). Komponenty: LF: 1 x 18”” vod¢ odolny, 4’ civka, ko$ odlity z hliniku,
systém s chlazenim magnetu. Nominalni impedance: 8 ohm. Rigging: ocelovy, certifikovan
pro 16 ks repro Sub (bezpe¢nostni norma BGV-C1)

Zesilovac vykonového ozvudéeni

Vestavény DSP procesor, 4x vstupni Analog/Digital AES/EBU, 4x vystupni kandly, presety
pro reproduktory, ochranny systém L-DRIVE, PFC, vykon 4x 1000W / 4€Q, ethernet
network kontroler

Digitalni mixazni pult

Digitalni mixpult nejméné 64 mono + § stereo kanalli, 24 mix a 8 matrix sbérnic + 1 stereo
sbérnice, DCA skupina s 16 vstupy, 8 MUTE skupin, nejméné 32 faderi, Redundantni
DANTE rozhrani (64/64 /O kanald), nejméné 1x AES/EBU vystup, WordClock 1/0, MIDI
I/O, vzorkovaci frekvence 44.1/48kHz, dynamicky rozsah nejméné 112dB, moznost
roz$ifeni expanznimi kartami

StageBox

Stagebox, 32x mic/line vstup, 16x line vystup, 4x AES/EBU vystup, dynamicky rozsah
nejméne 108dB, podpora vzorkovacich frekvenci 44.1/48/88.2/96kHz, redundantni Dante
rozhrani, 19" rack montaz, vyska SRU, kompatibilni s polozkou Digitdlni mixdzni pult,

vzdalené ovladani preampu



StageBox

Stagebox, 16x mic/line vstup, 8x line vystup, dynamicky rozsah nejméné 108dB, podpora
vzorkovacich frekvenci 44.1/48/88.2/96kHz, redundantni Dante rozhrani, 19" rack montaz,
vyska 3RU, kompatibilni s polozkou Digitalni mixazni pult, vzdalené ovladani preampu
Ctyikanalovy digitalni mikrofonni p¥ijima¢

4 kanalovy digitalni mikrofonni piijimac, Sitka pasma 72MHz, digitalni zpracovani signalu
24bit/48kHz , audio rozsah 20Hz- 20kHz, dynamicky rozsah nejméné 120dB, AES-256bit
zabezpeceni bezdratového pienosu, Redundantni Dante rozhrani, 4x analog audio vystup.
19" rack montaz, vyska IRU

Mikrofonni vysila¢ hand - dynamicka hlava (kardioida)

Mikrofonni vysila¢ hand, dynamicky hlava s kardioidni charakteristikou, vyménitelna hlava,
kovové robustni provedeni, AES-256bit zabezpeceni bezdratového vysilace, délka provozu
min. 11hod, kovové provedeni kompatibilni s polozkou Ctyfkanalovy digitdlni mikrofonni
pfijimac

Mikrofonni vysila¢ beltpack - hlavovy mikrofon (kardioida)

Mikrofonni vysila¢ beltpack, AES-256bit zabezpeceni bezdritového vysilace, kovové
robustni provedeni, délka provozu min. 1lhod, kompatibilni s polozkou Ctyikanalovy
digitalni mikrofonni pfijimac

Nahlavni mikrofon

Nahlavni mikrofon, kardioidni charakteristika, frekven¢ni rozsah 20Hz - 20kHz, citlivost
nejméné¢ 6mV/Pa, dynamicky rozsah nejméné 97dB, Max SPL nejméné 144dB, adapter
kompatibilni s polozkou Mikrofonni vysila¢ beltpack

Prevodnik DANTE - AES/EBU

Konvertor 16x16 AES na Dante audio-over-IP network. Redundatni napajeci zdroj, WC
In/Out, DANTE Primary a Secondary,
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4 Technicka specifikace

4.1 Control room

41.1 AVID S6 M40 Control Surface

24 channels, 9 knobs per channel

3 high-resolution TFT color displays

Add up to a total of 41 individual modules

Flexible mixing options for other EUCON-enabled DAWSs
Software Compatibility

S6 works with the following EUCON- Apple Final Cut Pro 7
enabled applications (preliminary info, Apple Logic Pro 9 and Express 9 and
subject to change): higher

Avid Pro Tools HD 11 Apple SoundTrack Pro 3
Avid Pro Tools HD 9/10 Cakewalk Sonar X1 Producer
Avid Media Composer 5.5 and higher MAGIX Sequoia 11 or higher
Avid NewsCutter 9.5 and higher Merging Pyramix 8

Avid Studio Monitor Pro and Express Metric Halo M10O Console
Avid XMON MOTU Digital Performer 7
Adobe Audition Steinberg Cubase 6.5

Apogee Maestro 1.9 Steinberg Nuendo 5.5

4.1.2 llyama G-Master GB2888UHSU

Diagonal 28", 71lcm

Panel TN LED, matte finish

Native resolution 3840 x 2160 (8.3 megapixel 4K UHD, HDMI & DisplayPort)
Aspect ratio  16:9

Panel brightness 300 cd/m?

Static contrast 1 000:1

Advanced contrast  12M:1



Response time (GTG)1ms

Viewing zone horizontal/vertical: 170°/160°, right/left: 85°/85°, up/down: 80°/80°
Colour support 1.07B 10bit (SRGB: 102%, NTSC: 72%)

Horizontal Sync 30 - 135kHz

4.1.3 NewTek NDIHX- PTZ1

1 x RJ-45, NDI|HX, Ethernet Rotation Speed: Maximum: 300°/sec
1 x BNC, 3G-SDI Pan Angle: -170 to +170°

1 x HDMI Type-A Tilt Angle: -30 to +90°

Video Formats: Horizontal Viewing Angle: 63°
1080p 29.97/30/50/59.94/60 Audio Input: 3.5mm stereo line-level
1080i 50/59.94 Other 1/0:

720p 50/59.94/60 1 x 8-pin DIN, RS-232 input

Lens Zoom: 20x (optical) 1 x 8-pin DIN, RS-232 output

Focal Length: 4.7-94mm 1 x 9-pin serial, RS-422

Maximum Aperture: f/1.6-f/3.5 1 x USB micro-B

Shutter Speed: 1-1/10,000 sec
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4.2 Machine room

4.2.1 Epson EB-L1755U

Color Light Output

15.000 Lumen- 10.500 Lumen (economy)
In accordance with IDMS15.4

White Light Output

15.000 Lumen -
10.500 Lumen (economy) In accordance
with 1SO 21118:2020

Portrait Colour Light Output

15.000 Im

Portrait White Light Output

15.000 Im

Resolution WUXGA

High Definition 4K enhancement

Throw Ratio: 1,57 - 2,56:1

Zoom: Motorized, Factor: 1 - 1,6
Projection Lens Zoom Ratio: 1,57 - 2,56 :
1

Lens: Optical

Lens Shift: Motorized - Vertical = 60 %,
horizontal + 18 %

Lens position memory: 10 positions
Screen Size: 60 inches - 500 inches

Projection Distance Wide: 2 m-17,2m

Aspect Ratio 16:10

Contrast Ratio 2.500.000 : 1
Native Contrast 2.000 : 1
Light source Laser

Laser Light source

20.000 hours Durability-High,
30.000 hours Durability-Eco
Keystone Correction

Manual  vertical: +45°  Manual
horizontal + 30 °

Colour Reproduction

Upto 1.07 billion colours

Projection Distance Tele: 3,3 m-27,8 m
Projection Distance Wide/Tele: 1,99 m -
27,77 m

Projection Lens F Number: 1,8 - 2,5
Projection Lens Focal Length: 36 mm -
57,35 mm

Projection Lens Focus: Motorized

Interchangeable Lens: Yes



4.2.2 Bose PowerMatch PM8500N +AES specification

Functions: Amplifier

Amplifier Class: D

Audio D/A Converter: 24bit / 48kHz

Digital Sound Processor (DSP): Yes

Audio Specifications Amplifier - Response Bandwidth - 20 - 20000 Hz - SNR - 102 dB -
THD - 0.4%

Output Power / Total: 4000 Watt

Amplifier Output Details: 450 Watt - 2 Ohm - THD 0.1% - 8 channels

500 Watt - 4 Ohm - THD 0.1% - 8 channels

300 Watt - 8 Ohm - THD 0.1% - 8 channels

1000 Watt - 2 Ohm - THD 0.1% - 4 channels (bridged)

1000 Watt - 4 Ohm - THD 0.1% - 4 channels (bridged)

1000 Watt - 8 Ohm - THD 0.1% - 4 channels (bridged)

800 Watt - THD 1% - 4 channels (70V bridged)

1000 Watt - THD 1% - 4 channels (100V bridged)

1600 Watt - THD 1% - 2 channels (70V quad bridged)

2000 Watt - THD 1% - 2 channels (100V quad bridged)

Features Thermal protection, short circuit protection, DC protection, over current
protection, over voltage protection, high frequency protection, 70V/100V or 2/4/8 Ohm

operation

4.2.3 BOSE PowerMatch PM4250N + AES

Functions: Amplifier

Amplifier Class: D

Audio D/A Converter: 24bit / 48kHz

Digital Sound Processor (DSP): Yes

Audio Specifications Amplifier - Response Bandwidth - 20 - 20000 Hz - SNR - 102 dB -
THD - 0.4%
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Output Power / Total: 4000 Watt

Amplifier Output Details: 250 Watt - 2 Ohm - THD 0.1% - 4 channels

250 Watt - 4 Ohm - THD 0.1% - 4 channels

250 Watt - 8 Ohm - THD 0.1% - 4 channels

1000 Watt - 2 Ohm - THD 0.1% - 4 channels (bridged)

1000 Watt - 4 Ohm - THD 0.1% - 4 channels (bridged)

1000 Watt - 8 Ohm - THD 0.1% - 4 channels (bridged)

Features Thermal protection, short circuit protection, DC protection, over current
protection, over voltage protection, high frequency protection, 70V/100V or 2/4/8 Ohm

operation

4.2.4 AKG C414 XLS Stereo Set
Successor to the C 414B XLS

Have 9 switchable directional characteristics (cardioid, wide-cardioid, hypercardioid,
omnidirectional, figure-8 + 4 intermediate positions)
Frequency range: 20 - 20,000 Hz

Dynamic range: 140 dB(SPL) max

Lock mode to save the settings

Peak-Hold display

Status LEDs

3-Way switchable bass cut filter (0/40/80/160 Hz)

3 Preattenuation pads (0/-6/-12/-18 dB)
Transformerless XLR Output (FET)

4.2.5 Lewitt LCT 540S

Polar pattern: Cardioid

Signal-to-noise ratio: 90 dB (A)

Max. sound pressure level: 136 dBSPL, 0 dB pre-attenuation
Sensitivity: 41 mV / Pa, -28 dBV / Pa



Pad switchable in three steps: 0 dB, -6 dB and -12 dB
Low cut switchable in three steps: linear, 80 Hz (6 dB / octave) and 160 Hz (6 dB / octave)

4.2.6 SHURE SM58

Optimised frequency response with brightened mids and bass cuts
Integrated, effective wind and pop filter

Shock absorber system

Robust construction, sturdy steel mesh grille

Directivity: Cardioid

Frequency range: 50 - 15,000 Hz

Output impedance: 300 Ohm

Sensitivity: -56 dBV / Pa (1.85 mV)

4.2.7 Shure Beta 58A

Supercardioid polar pattern

Optimised transmission range for excellent vocal quality in professional live use

Offers the highest level of feedback safety with maximum gain and maximum suppression
of background noise

An air-sprung vibration absorber protects against impact sound and grip noise

Frequency range: 50 - 16,000 Hz

Maximum sound pressure level: 140.5 dB

Output impedance: 290 Ohm

Sensitivity: -51.5 dBV/Pa (2.66 mV)

4.2.8 Shure SM57

Cardioid

Contoured frequency response for clear instrumental and sonorous vocal recordings
Decrease of percussion, drums and instruments amplifiers in professional quality
Cardioid for isolated signal source and reduces distracting background noise

Pneumatic shock minimizes handling noise
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Holds even heavy use in stage use was

Frequency response: 40-15000 Hz

Output Impedance: 310 Ohm

Open circuit sensitivity: -54.5 dBV / Pa (1.88 mV)

4.2.9 Shure Beta 52

Super-cardioid

Optimized frequency response especially for bass drum kick and low-frequency instrument
pickup

High feedback with minimal background noise

Portable stand adapter with integrated XLR connector for easy installation, especially in the
bass drum

Basket made of hardened steel protects against wear and damage

Air-sprung vibration absorber protects against impact sound and vibrations

Neodymium magnet for high output levels

Low sensitivity against different connection impedances

Transmission range: 20 - 10,000 Hz

Maximum sound pressure: 174 dB SPL (up to 1 kHz, calculated)

Output Impedance: 45 Ohm

Noise Sensitivity: -64 dBV / Pa (0.63 mV)

4.2.10  Shure beta 57A

For vocals, toms and brass instruments
Polar pattern: Supercardioid
Frequency range: 50 - 16,000 Hz
Output impedance: 150 Ohm

42.11  Shure Beta 91A
Switchable frequency range for bass drums or piano/ voice applications

Polar pattern: half cardioid



Frequency range: 20 - 20,000 Hz
Impedance: 146 Q

11-52 V Phantom power

SPL: 155 dB SPL max (@ 2500 Ohm)
Sensitivity: -48.5 dBV/Pa

4.2.12 Sennheiser E906

Especially suitable for electric guitar, snare drum, brass
Characteristics: supercardioid

3-Position switch: hi boost, flat, hi cut

Frequency range: 40 - 18,000 Hz

Sensitivity: 2.2 mV/Pa @ 1 kHz

4.2.13  Sennheiser E904
Especially for tom and snare recording
Polar pattern: cardioid

Frequency range: 40 - 18,000 Hz
Impedance: 350 Q

4.2.14  AKG C451 B Stereo

2 X AKG C 451 B condenser microphones

The microphones differ in sensitivity and frequency response by less than 1 dB from each
other

Polar pattern: cardioid

With switchable HP (75/150 Hz) and level attenuation (-10/-20 dB)

4.2.15 BeyerDynamic DT-770M

For drummer and studio
35 dBA Noise isolation
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Closed

Circumlunar

Dynamic

SPL: 105dB

Frequency range: 5-30000 Hz
Nominal Impedance: 80 Ohm
Volume control on the cable
Sided cable management

3 m straight cord

4.2.16  Sennheiser HD 650
Dynamic

Open-back

Impedance: 300 Ohm

Sound pressure level: 103 dB
Frequency range: 10 - 41,000 Hz

4.2.17  Sound Devices 688

AUDIO

THD+N:

0.09% max - (1 kHz, 22 Hz-22 kHz BW, fader at 0, 0 dBu output)
Audio Accessory Type: Mixer

INPUTS & OUTPUTS

Input - 20k ohm impedance; 0.3V - 3.0 V p-p (-17 dBu - +3 dBu)
Output - Output: 1k ohm impedance; 3.0 V p-p (+12 dBu)

6 x Audio Input - XLR microphone and line-level inputs

6 x Audio Output - TA3 auxiliary outputs

MICROPHONES

Sampling Rate: Up to 192 kHz



Headphone Maximum Gain - 63 dB (Line 1-6 Input); 44 dB (Line 7-12 Input); 103 dB (Mic
Input)

Maximum Gain: Mic-In to L/R/X1/X2/X3/X4 (-10) - 77 dB

Maximum Gain: Mic-In to L/R/X1/X2/X3/X4 (Line) - 91 dB

Maximum Gain: Mic-In to L/R/X1/X2/X3/X4 (Mic) - 51 dB

Maximum Gain: Mic-In to X5/X6 (-10): - 74 dB

Microphone Notes: Powering (each analog input selectable) - 48 VV Phantom: through 6.8 k
resistors, 10 mA per mic available

Powering (each analog input selectable) - 48 VV Phantom: through 6.8 k resistors, 10 mA per
mic available

MIXERS / AUDIO

Field Mixer

5 x Battery Power Available - AA batteries (not included), NiMH preferred

Phantom Power

High-Pass Filter or Low Cut Filter - Fixed 50 Hz, 6 dB/octave (192 kHz SR)

Limiter - Post-Fader Digital Limiters: +4 dBu to +18 dBu threshold (adjustable); 20:1
limiting ratio; 1 ms attack time; 500 ms release time

Metering

Mixer Notes:

(3) stereo returns (RTN A, B, C) - allow the sound mixer to hear camera audio to ensure
quality. Monitor this on the headphone output with a toggle of the RTN/FAV switch.
Automixing - Inputs that are automixed will be open (unattenuated) when a person talks into
the input's microphone and will be closed (attenuated) when the person stops speaking.
Auto Mixing - Reduces ambient noise and reverberation, improves gain-before-feedback,
and improves speech intelligibility.

Equivalent Input Noise - -126 dBu (-128 dBV) maximum. (22 Hz - 22 kHz bandwidth, at
Iter, trim control fully up)

LCD Daylight Mode - option to toggle between light and dark themes

Line Output Clipping Level (1% THD) - 20 dBu minimum with 10k load

Maximum Input Level: RTN A, B, C (3.5 mm/10-pin) - +24 dBu (12.4 Vrms)



STUDIOVY A TECHNOLOGICKY MANUAL

Maximum Input Level: XLR-3F Line - +40 dBu (80 VVrms)

Maximum Input Level: XLR-3F Mic - 0 dBu (0.78 VVrms)

MixAssist - auto mix of post-fade input signals to the left (L) and right (R) buses. MixAssist
does not affect other signals.

Sampling Clock Accuracy - + 0.2 ppm

The 688 displays metering information at a glance on its LCD.

The built-in slate and external microphones - are not suitable for critical recording
applications, but designed to document/notate scenes or for communication reference
purposes.

Timecode Jam Menu - displays internal SMPTE timecode generator and SMPTE timecode
details. It also features a button to allow you to jam the timecode, if necessary.

To reduce or avoid distortion, Sound Devices recommends using limiters at all times. -
Default threshold of all limiters on the 688 is 16 dBu.

RECORDING

Recording Format: WAV/ MP3

4.2.18 Technics SL-1200MK7
Die-cast aluminium housing

Adjustable starting and braking torque

Pitch adjustment range: £8%/£16

Reverse play function

LED needle illumination

Height adjustment range for tone arm: 0 - 6 mm
Starting torque: 0.18 N per m / 1.8 kg per cm
Speed settings: 33 1/3, 45 and 78 rpm
Detachable mains and signal cable

Audio input: Phono plug, earth terminal



4.2.19 Radial Engineering Pro 48
Jack in/thru

XLR out

- 15 dB pad

Ground/lift

Operates with 48V phantom power

4220 BSS AR133
Inputs: XLR and 6.3mm jack
Link: 6.3mm jack

Output: XLR

Output with ground lift

Pad: -20/ 40 dB

Galvanic isolation

4.2.21 Radial Engineering JDI

Jack input

Jack thru connection

XLR output

Switchable -15dB pad

Merge function to combine 2 line signals to 1x XLR out
Switchable speaker simulation for 12 guitar speaker
Ground lift switch

Phase switch (polarity)

4.2.22  Sennheiser SK 2000 GW

Sturdy all-metal housing

Up to 75 MHz switching bandwidth

20 fixed frequency banks with up to 64 compatible presets

6 banks each with up to 64 tunable channels
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Frequency setting in 25 kHz steps

Pilot tone squelch for interference-free operation

External charging contacts for recharging battery BA 2015 in the transmitter

Backlit display on transmitter (keystroke activation)

Auto-lock feature to prevent buttons from being pressed accidently

Audio and RF MUTE feature for muting the transmitter

Wide range of accessories for virtually any use

Enhanced audio frequency response in the bass range for optimum transmission from bass
guitars

Input sensitivity above 60 dB can be set in 3 dB steps

4.2.23 Sennheiser EK 2000 GW
75 MHz switching bandwidth

26 Banks of up to 32 frequencies

Limiter

2x 1.5 volt AA

3.5 Jack output

Frequency range: G band (558 - 626 MHz)

4.2.24  Sennheiser SKP 2000

Rugged metal housing

Up to 75 MHz switching bandwidth

20 fixed frequency bands with up to 64 compatible presets
6 banks each with up to 64 tunable channels

Frequency setting in 25 kHz steps

Pilot tone squelch for interference-free operation

48 V switchable phantom powering

Backlit display on transmitter (keystroke activation)
Auto-lock feature to prevent buttons from accidently being pressed
Audio and RF MUTE feature for muting the transmitter



4.2.25 Extron DTP T USW 4K 233

The Extron DTP T USW 233 60-1551-12 is a three input switcher for sending HDMI or
analog video, audio, and control up to 230 feet (70 meters) over a shielded CATx cable to
Extron DTP-enabled products. It is HDCP compliant and provides two HDMI inputs, one
VGA input, and one DTP 230 twisted pair output. The DTP T USW 233 supports video
signals at resolutions up to 1920x1200, including 1080p/60 and 2K. The switcher also offers
many integrator-friendly features such as analog stereo audio embedding, EDID Minder,
auto-switching between inputs, audio input assignment, remote power capability, and

compatibility with HDBaseT-enabled devices.

4.2.26 Extron DTP T DWP 4K 232D

Transmits DisplayPort or HDMI plus control and analog audio up to 230 feet (70 meters)
over a shielded CATx cable

Auto-switching between inputs

Supports computer and video resolutions up to 4K

Analog stereo audio embedding

Extron XTP DTP 24 shielded twisted pair cable is strongly recommended for optimal
performance

Compatible with CATx shielded twisted pair cable

4.2.27 Extron DTP CrossPoint 84 4K

All-in-one 8x4 4K matrix switcher, scaler, audio DSP with AEC, audio power amplifier,
and control processor

Two DTP inputs and six HDMI inputs

Two HDMI outputs and two independently scaled DTP outputs

Selectable scaled DTP output rates from 640x480 to 4K

Available with integrated IPCP Pro 355MQ xi control processor

Available  with  energy efficient ClassD stereo or mono  amplifier:
2 x 50 watts @ 4 ohms; 2 X 25 watts @ 8 ohms
1 x 100 watts @ 70 volts
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4.2.28 Extron IPCP Pro 350

Supports TouchLink Pro touchpanels, eBUS button panels, and Network Button Panels
Supports secure industry standard communications protocols

Supports LinkLicense

Two bidirectional RS-232 serial ports with software handshaking

One bidirectional RS-232/RS-422/RS-485 serial port with hardware and software
handshaking

Two IR/Serial ports for one-way control of external devices

4.2.29 Extron EBDB MINI

Four parallel eBUS ports provide a common connection point for multiple eBUS devices
Front panel status LED indicates when power is present on one of the four eBUS distribution
ports

Ultra-Compact 2”°x2” enclosure can be easily mounted on a desk, in a podium, in a rack, or

under furniture

4.2.30 Extron EBP 200

Fully customizable button panel integrates easily with an Extron Pro Series control system

Ten dual-color, customizable, backlit buttons

Two eBUS ports allow for quick system expansion and upgrades

Compatible with all Extron IPCP Pro control processors

Use a single button panel or combine multiple button panels to accommodate a broad variety
of system designs

eBUS button panels connect to the control processor and each other using a single cable that

carries both power and communication

4.2.31 Extron DTP HDMI 4K 230 Rx

Receives HDMI plus control and analog audio up to 230 feet (70 meters) over a shielded
CATX cable



Supports computer and video resolutions up to 4K

Supported HDMI specification features include data rates up to 10.2 Gbps, Deep Color up
to 12-bit, 3D, HD lossless audio formats, and CEC pass-through

HDCP 2.3 compliant

4.2.32  Extron AXP 64 C AT

Six mic/line level inputs for transmitting audio to a Dante network

Four independent channels of AEC - acoustic echo cancellation

Four inputs with FlexInput capability to select between analog or Dante inputs
Four line outputs receive audio from a Dante network

Dante audio networking provides a wide range of expansion capabilities

Built-in four-port Gigabit switch

4.2.33  ShareLink 200N

Wirelessly share content from personal mobile devices

Supports  Microsoft Windows and macOS computers as well as Apple and
Android smartphones and tablets

Integrated dual band wireless access point at 2.4 GHz or 5 GHz

Provides full screen mirroring for Apple iOS devices:

Dedicated mobile ShareLink app, for reliable iOS and Android content sharing

Dropbox, Google Drive, iCloud, and OneDrive integration within the ShareLink app

provides easy access to content stored in the cloud

4.2.34 Extron SMP 352

Process two high resolution AV sources from up to five available input signals

Record and stream simultaneously

High quality scaling with flexible two-window management

Produce MP4 media or M4A audio files that are compatible with virtually any media player

Stream concurrently at two resolutions and bit rates from the same source
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Dual channel recording and streaming with confidence stream

4.2.35 PTZ Optics PT20X
Open-Source 1080p60 Broadcast PTZ Camera
Live 3G-SDI, Dual-Stream LAN, HDMI Out
Composite Out, RS-232 1/0, RS-485, PoE
H.264 / H.265 Dual Stream, MJPEG Stream
3.5mm Audio Input for HDMI & IP Stream
1/2.7" CMOS Sensor, 0.5 Lux Minimum

4.4 - 88.5mm Lens, 20x Zoom, f/1.8 - 2.8
WDR, 2D and 3D Noise Cancellation

LAN, ONVIF, RS-232, TriCaster Control
Up to 64 Presets (or 255 via RS-232)

4.2.36 Extron IPL T PCS4i

Remote on/off control of individual AC power outlets
Intelligent current sensing with alarm thresholds
Power up sequencing

Outlet grouping

Front panel security lockout

Outlet status retention during power loss

4.2.37 Sennheiser SR 2020-D
6 Switchable channels

UHF-Band (863 - 865 MHz)

Display indicating channel

Scope of delivery: Rack mounting set GA 2, power supply NT 2-1, telescopic aerial



4.2.38  Sennheiser EK2020-D-II
6 Switchable channels

UHF band: 863-865 MHz

3.5 mm jack

Display: channel, battery, receiving

4.3 Recording room / classroom

43.1 Yamaha CL3

Type: Digital

Channels: 24 + 2 master faders, 64 mono channel mixing plus 8 stereo channels
Inputs - Mic Preamps: 8 x XLR

Phantom Power: 8

Outputs - Other: 8 x XLR (line out)

Inputs - Digital: 2 X RJ-45 (Dante)

Outputs - Digital: 2 X RJ-45 (Dante), 1 x XLR (AES/EBU)

Busses/Groups: 16 send Mix bus, 8 send Matrix bus

Inserts:Internal

Talkback: 1x XLR

MIDI 1/0: In/Out

Data 1/0: 1 x D-Sub GPI (15-pin female), 1 x Ethernet

Headphones: 1 x 1/4"

USB: 1xUSB Type A

Computer Connectivity: Ethernet

I/0 Expansion Slots: 3 x Card slots available (DSP cards or mini-YGDAI cards)
Word Clock: In/Out

Faders:26 x 100mm faders

EQ Bands:  4-band parametric channel EQ, 31-band Graphic EQ, 15-band flex EQ,
Effects: Reverbs, Delays, Modulation, Premium Rack compressor modeling and more
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DAW Control: Yes (via Dante)

4.3.2 Shure ULXD4Q

Housing Paver Requirements RF Input

Steel; Extruded Aluminum

100 to 240 VAC, 50-60 Hz, 032 A max.

Spurious Rejection >80 dB, typical

Connector Type BNC

Impedance 50 CI

Bias Voltage 12 -13 V DC, 150 mA maximum, per antenna
Audio Output

Gain Adjustment Range -18 to +42 dB In 1 dB steps (plus Mute setting)
Configuration XLR: Balanced (1q;round, 2=audio +, 3=audio -)
Impedance 100

Full Scale Output LINE settin +18 dBV, MIC setting=-12 dBV
W./Line Switch 30 dB pad

Phantom Power Prctection Yes

Networking

Network Interface Dial Port Ethernet 101100 Mbps, 1 Gbps
Network Addressing Capability DHCP or Marital IP address
Maximum Ethernet Cable Length 100 m (328 ft)

Cascade Output

Connector Type BNC: For connection of 1 additional receiver
Configuration Unbalanced, passive

Impedance 50

4.3.3 Shure ULXD1

Battery Runtime 0 10 rnW

Shure SB900O: >11 hairs Alkaline: 11 hours
Audio Input :



4-Pin male mini connector (TA4M)

Unbalanced

Impedance: 1 MQ

Maximum Input Level 1 kHz at 1% THD

Pad Off: 8.5 dBV (7.5 Vpp) Pad On: 20.5 dBV (30 Vpp)
Preamplifier Equivalent Input Noise (ElI N) 120 dBV, A-weighted, typical System Gain
Setting +20

RF Output

Connector: SMA

Antenna Type: 1/4 wave

Impedance: 50 O.

Occupied Bandwidth: <200 kHz

434 Focusrite Rednet D16R
INPUT / OUTPUT TRIM
Input Trim  -78 to 0dB in 1dB steps (per channel)

Output Trim -78 to 0dB in 1dB steps (per channel)

INPUT SAMPLE RATE CONVERTORS

Sample Rate Range 32Hz to 214kHz

Gain Error  -0.3dB

Dynamic Range Greater than 138dB (-60 dBFS method)

THD + N Less than -130dB (0.00003%); 0 dBFS input

Latency 11 to 45 samples (network and input sample rate dependent)

DIGITAL PERFORMANCE

Supported Sample Rates 44.1/48/88.2/96/176.4/192 kHz (-4% /-0.1% / +0.1% /
+4.167%) at 24 bit

Clock Sources Internal, Word Clock, DARS, AES input 1-2, AES input 9-10 or from
Dante Network Master
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External Word Clock Range

Nominal sample rate £7.5%

REAR PANEL CONNECTIVITY

AES/ EBU

Channel Count

2 x 2 SIPDIF Channels (reduces AES/EBU input channels)
Input And Output

2 x DB25 connectors (AES59 Combined I/O / Tascam Digital)
Alternate Input (Optional DARS)

1 x Female XLR (replaces DB25 channels 1-2)

Alternate Output

1 x Male XLR (duplicates DB25 channels 1-2)

S/PDIF

Channel Count

2 X 2 SIPDIF Channels (reduces AES/EBU input channels)
Input

1 x RCA phono socket (replaces DB25 channels 3-4)
Output

1 x RCA phono socket (switchable, duplicates any DB25 channel pair)
WORD CLOCK

Input

1 x BNC 75Q port (switchable termination)

Output

1 x BNC 75Q port

PSU & NETWORK CONNECTIONS

PSU

2 X Internal, 100-240V, 50/60Hz, consumption 30VA
Network



2 x EtherCON NE8FBH-S, also compatible with standard RJ45 connectors (Accomodates
rugged EtherCON NESMC*. Does not intermate with Cat 6 cable connector NESMC6-MO
and NKE65* cable)

FRONT PANEL INDICATORS
Primary PSU (A)

Green LED. Illuminates when an AC input is applied and all DC outputs are present
Secondary PSU (B)

Green LED. Illuminates when an AC input is applied and all DC outputs are present
Secondary Network

Green LED. Indicates that a network connection is present on secondary port when in
redundant mode. Not used in switched mode

Network Locked

Green LED. When unit is following network grand master, shows valid network lock. When
unit is network master, shows lock to indicated clock source. Flashing indicates external
clock is selected but not connected

Sample Rate

Orange LED for each: 44.1kHz, 48kHz, x2, x4

Pull Up/Down

Orange LED. Indicates unit is set to operate on a Dante pull up/down domain

Signal Indicators

16 Green LEDs, 8 input/8 output indicators. llluminate @ -126dBFS

Clock Source

Orange LED for each: Internal, Word Clock, DARS, Input 1-2 and Input 9-10

Primary Network

Green LED. Indicates that a network connection is present on primary port when in
redundant mode. When in switched mode, a valid network connection at either primary or

secondary network port will cause this LED to illuminate
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5 Manual

5.1 Control room

51.1 Avid S6 M40

To startup the System for the first time, make sure that you connect power strip to UPS, for
preventing from energy shortcut.

In case you have already connected all power cords into the UPS u need to turn on S6 console
by power switch.

After your system is fully prepared, u need to agree with user license. That agreement is
followed by installing latest software update.

This procedure is requires only on first console startup.

Startup

In everyday usage you will start up the console only by power switch.

Shut down

To shut down the console u need to navigate on touchscreen to the settings menu. Then you
will find in navigation menu page “about”, under this navigation menu you will see button
“Shut Down”. After that u need to wait until the master module stop working.

After this procedure you can unplug power cord (or shut down by navigation in UPS)



5.2 Machine room

5.2.1 BOSE PowerMatch PM8500N + AES / PowerMatch PM4250N + AES
Controls, Display, and Connectors Figures 1 and 2 detail the various elements found on the

front and rear panels of PowerMatch amplifiers

@ ® © @
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1 LED Indicators 5 Menu Soft Keys (1-5)

2 LCD Screen 6 USB connector

3 Navigation Soft Key 7 Front airflow intake vents

4 Rotary Encoder 8 Front rack-mount ears

A OO

9 Analog Input connectors 14 Loudspeaker output connectors
10 Fault Notification Output 15 AC Mains receptacle

11 Ethernet RJ-45 network connector (Network versions only) 16 AC Mains retention clip
12 Rear airflow exhaust vents 17 Power Switch/Resettable Circuit Breaker
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13 Digital expansion card slot cover 18 Rear rack-mount support tabs

5.2.2

Shure SM58 / BETA 58 / SM57

General Rules for Use

Aim the microphone toward the desired sound source (such as the talker, singer, or
instrument) and away from unwanted sources.

Place the microphone as close as practical to the desired sound source.

Work close to the microphone for extra bass response.

Use only one microphone to pick up a single sound source.

Use the fewest number of microphones as practical.

Keep the distance between microphones at least three times the distance from each
microphone to its source.

Place microphones as far as possible from reflective surfaces.

Add a windscreen when using the microphone outdoors.

Avoid excessive handling to minimize pickup of mechanical noise and vibration.
Do not cover any part of the microphone grille with your hand, as this will adversely

affect microphone performance.

Avoiding Pickup of Unwanted Sound Sources

Place the microphone so that unwanted sound sources, such as monitors and loudspeakers,

are directly behind it. To minimize feedback and ensure optimum rejection of unwanted

sound, always test microphone placement before a performance.

MONITOR
PA LOUDEPEAKER II:]))) 180"



5.2.3 SHURE BETA 52A
General Rules for Kick Drum Mic
Placement

e Make sure microphone does not
touch drum head or damping
inside of the drum.

e Aim the microphone toward the
desired sound source and away
from unwanted sources.

e Place closer to beater head for
more attack, further away for more
resonance.

e Work close to the microphone for
extra bass response.

e Avoid excessive handling to
minimize pickup of mechanical

noise and vibration.

Avoiding Pickup of Unwanted Sound
Sources

A supercardioid microphone has the
; greatest sound

’ A S .. .
y ! \ rejection at points
A
“1120° toward the rear

/

w5 of the microphone.
Place the
microphone so that unwanted sound
sources, such as monitors and

loudspeakers, are at these angles, not

directly behind it. To minimize feedback
and ensure optimum rejection of
unwanted sound, always test microphone

placement before a performance.

P.A. LOUDSPEAKER

180° g

120° 0°

MONITOR JJ) é &3912

0°

Using the Stand Adapter

The integrated stand adapter resists
slipping when struck or bumped, vyet
permits adjustments without loosening the
knob.

1. Thread the microphone onto the
stand.
2. Before
adjustment knob, adjust the stand

tightening the

height and position as necessary.
3. Tighten the adjustment knob to
lock the microphone in place. Do

NOT use tools or over tighten.
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5.2.4 SHURE Beta 91A

General Rules for Use

This table lists the most common
applications and placement techniques.
Keep in mind that microphone technique
is largely a matter of personal taste; there
IS no one "correct” microphone position.
Aim the microphone toward the desired
sound source; angle unwanted sounds
toward its null point.

Use the fewest amount of microphones as
practical to increase the Potential Acoustic
Gain and prevent feedback.

Follow the 3 to 1 Rule by spacing each
microphone by at least three times the
distance to its source to reduce Phase
Cancellation.

Place microphones as far as possible from
reflective surfaces to reduce Comb
Filtering.

When using directional microphones,
work closely to the microphone for extra
bass response to take advantage of
Proximity Effect.

Avoid excessive handling to minimize
pickup of mechanical noise and vibration.
Do not cover any part of the microphone
grille, as this will adversely affect
microphone performance.

Contour Switch

A two-

position switch on the bottom of the micr
ophone lets you selectively filter the low-
mid frequency response without addition

al tools. Use this filter to enhance the
attack and clarity of bass-heavy
instruments.

Flat response: Provides the most natural
sound in most applications.

Low-Mid

Scoop: This setting tailors the micropho
ne’s frequency response to provide a stro

ng ‘punch’ in the low frequencies,  and

plenty of attack in the higher frequencies

5.2.5 SENNHEISER €906

1) Sound inlet basket

2) 3- position slide switch for
adjusting the presence filter

3) XLR - 3 connector

4) Front



Positioning the microphone an a
guitar amp f The front of the microphone

must face the guitar amplifier

It is vital to observe the following

notes:

Resulting

sound

Position Commentary
sound
Microphone
Many .
directed
trebles /
A _ towards  the
agressive
dome of the
sound
loudspeaker
Good starting
position:
microphone
directed
Less
towards  the
trebles, )
middle
more lower
) between dome
mids,
and eddge of
B smoother
the
sound
loudspeaker,
balanced,
If necessary,
natural
turn the
sound )
microphone
by approx 30°
towards  the
edge
Less )
Microphone
trebles, )
directed
more lower
C ) towards  the
mids,
edge of the
smoother
loudspeaker
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Positioning the microphone on a
drum f The front of the microphone must

face the drum.

D E
. Resulting
Position Commentary
sound
Position on
More
the drum:
foundamental
D ) 3-5 cm
tone little
above the
overtones
batter head
Less Directed
c fundamental | towards the
tone  many | center of the
overtones batter head




5.2.6 SENNHEISER €904

N

1) Sound iniet basket
2) XLR-3 connector

3) Microphone clamp
Positioning the microphone on a
drum
e Use the microphone clamp to
attach the e 904 to the rim of
the drum.
e Position the microphone on

the drum so thatitis3to5 cm

above the drumhead.
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Position Resulting Commentary
sound
More Position  on
fundamental | the drum:
A Little 3 to 5 cm
overtones above the
drumskin The
fundamental
to overtones
ratio can be
adjusted by
Less changing the
fundamental | angle of the
° Many microphone.
overtones The most
balanced
results  are

obtained at an
angle of
30 to 60°.




Use of a A B C
second e 904 2N\
for picking up
the bottom of

the drumskin

and the

snares. NB:

The lower

microphone

must be
C

phase-

reversed to
avoid phase-
cancellation

effects due to
the  second
microphone

being on the
other side of

the drumskin.

5.2.7 Beyerdynamic DT 770M

Usage

The DT 770 M has been designed for drummers and monitoring purposes (FOH), and is
suitable for use on stage and in the studio. The transducers are fitted to adjustable yokes
which should be positioned to fully enclose the ear. This provides the optimum ear/speaker
position for accurate sound monitoring. The headphone volume can be optimal adjusted

using the volume control on the singlesided cable. The cable has a length of 3 metres and is
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terminated with a high-quality gold plated mini jack (3.5 mm) - a 1/4" (6.35 mm) stereo jack
adapter is also supplied. Professional users should note that it is recommended practice for
headphones to be issued on an individual user basis to preclude any possible health risks.
Cleaning

As with any equipment which will be used in close proximity to sensitive areas of the body,
it is essential that the ear-pads and headband are kept clean. Use a damp cloth for cleaning
using warm water only, taking care to ensure that no liquid drops into the transducers or the
volume control. Should it become necessary to replace the ear-pads or the headband cushion,

please refer to “Spares and Accessories”.



528 Sennheiser HD 650
Usage

Put on the headphones and adjust the
headband

Do not cover the transducers!
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Cleaning

Ear cushions have to be replaced
from time to time for hygienic reasons
(spare part no. 050635)

For change the cables just unplug
connector from headphones (spare
part no. 092885)



5.3 Recording room / classroom

53.1 Yamaha CL3

SELECTED CHANNEL section

The SELECTED CHANNEL section located at the left of the display corresponds to a
channel module of a conventional analog mixer, and allows you to use the knobs on the
panel to set all the major parameters of the currently-selected channel.

Operations in this section will affect the channel that was most recently selected by its [SEL]
key. If you have assigned an ST IN channel or STEREO channel to a single channel strip,
either the L or the R channel will be selected, and the major parameters for L and R channels
will be linked.

STEP

1. Use the [SEL] key in the top panel INPUT section, ST IN section, or the STEREO/
MONO section, to select the channel to control.

2. Press one of the knobs in the SELECTED CHANNEL section. 3. Use the knobs of the
SELECTED CHANNEL section and the buttons in the SELECTED CHANNEL VIEW
screen to edit the parameters of the selected channel

Centralogic section

The Centralogic section located below the touch screen lets you recall and simultaneously
control a set of eight input channels, output channels, or DCA groups. If you press one of
the Bank Select keys, the channels or DCA groups corresponding to that key will be assigned
to the Centralogic section, and can be controlled using the faders, [ON] keys, and [CUE]
keys in the Centralogic section.

Operations in the Centralogic section

STEP

1. Use the Bank Select keys in the Centralogic section to select the channels or DCA groups
that you want to control.

2. Use the faders and [ON] keys of the Centralogic section to adjust the level of the (up to)

eight selected channels and switch them on/off.
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3. Use the fields on the OVERVIEW screen and the multifunction knobs to adjust the
parameters for the group of up to eight channels.

Input patching

CL series consoles and 1/0 devices feature two types of patching: Dante audio network
patching and CL console internal patching.

For Dante audio network patching, you will use the DANTE INPUT PATCH window. In
this window, you can patch the CL console and I/O device inputs. Sixty-four (64) channels
can be input from a Dante audio network to a CL series console. You can choose up to 64
channels from a maximum of 512 channels (logical value) of Dante audio network signals.
Select the I/ O device (up to 64 channels) that you want to control from the CL series console.
Then, route the input signals (that were patched in the DANTE INPUT PATCH screen) to
channels on the CL series console. To do this, choose input ports from DANTE 1-64 in the
GAIN/PATCH screen.

Changing the input patching

STEP

1. Use the Bank Select keys in the Centralogic section to select the input channels that you
want to control.

2. Press the channel number/channel name field on the OVERVIEW screen.

3. Select the type of port in the category select list on the PATCH/NAME screen, and use
the port select buttons to select the input port.

Output patching

Use the OUTPUT PORT screen to patch the CL console's output channels and Dante audio
network. In this window, assign output channel signals to DANTE 1-64 ports.

NOTE

By default, MIX 1 - 24 are assigned to DANTE 1 - 24, MATRIX 1 - 8 are assigned to
DANTE 25 - 32, STEREO L/R are assigned to DANTE 33/34, and MONO is assigned to
DANTE 35.

Next, patch the output signals from DANTE 1-64 (assigned in the OUTPUT PORT SETUP
screen) to 1/0O rack outputs. Use the OUTPUT PATCH screen of the 1/0 RACK to make

these assignments.



Changing the output patching

To change the patching, you can either select the output port that will be the output
destination of each output channel, or you can select the output channel that will be the
output source for each output port.

Selecting the output port for each output channel

STEP

1. Use the Bank Select keys in the Centralogic section to select the output channels.

2. Press the channel number/channel name field on the OVERVIEW screen.

3. Select the type of port in the category select list on the PATCH/NAME screen, and use
the port select buttons to select the output port.

Selecting the output channel for each output port

STEP

1. In the Function Access Area, press the SETUP button.

2. Press the OUTPUT PORT button in the SYSTEM SETUP field located in the center of
the SETUP screen. 3. In the tabs below the OUTPUT PORT screen, select the output port
you want to control.

4. Press the channel select button of the port you want to operate.

5. Use the category select list and the channel select buttons to select the send-source
channel.

Inserting an external device into a channel

You can insert an effect processor or other external device into the signal path of an INPUT,
MIX, MATRIX, STEREO, or MONO channel. When doing so, the type of input/output port
used for the insertion and the location of the insertion in/out can be specified individually
for each channel.

STEP

1. Connect your external equipment to an OMNI IN/OUT jack or to an I/O card installed in
slots 1 - 3.

2. Use the Bank Select keys in the Centralogic section to select the channel to which you
want to assign the input source.

3. Press the INSERT/DIRECT OUT field.
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4. Press the INSERT OUT or INSERT IN button.

5. Select an output port or an input port.

6. Press the INSERT ON button.

INSERT/DIRECT OUT screen (8ch)

1 Channel select button Selects the channel to set. The channel icon, color, and number
appear.

2 INSERT ON/OFF button Switches the insert on or off. The currently-specified insert point
setting appears above the button.

3 INSERT OUT button Indicates the currently-selected port. Press this button to open the
PORT SELECT screen, in which you can select an output port.

4 INSERT IN button Indicates the currently-selected port. Press this button to open the
PORT SELECT screen, in which you can select an input port. You can also view the insert-
in level by checking the indicator located to the right of the this button.

Directly outputting an INPUT channel

The signal of an INPUT channel can be output directly from an OUTPUT jack on the 1/0
device, from the desired OMNI OUT jack, or from the output channel of a desired slot.
STEP

1. Connect your external device to an OMNI OUT jack, OUTPUT jack, or to an 1/O card
installed in slot 1-3. 2. Use the Bank Select keys in the Centralogic section to select the input
channel that you want to output directly.

3. Press the INSERT/DIRECT OUT field in the OVERVIEW screen.

4. Press the DIRECT OUT PATCH button in the INSERT/DIRECT OUT screen.

5. Select an output port.

Specifying the channel name/icon

On the CL series unit, you can specify the on-screen name and icon for each input channel.
Here we will explain how to specify the channel name and icon.

STEP

1. Use the Bank Select keys in the Centralogic section to select the input channels.

2. Press the channel number/channel name field of the channel you want to specify on the
OVERVIEW screen.



3. Switch between items in the tabs on the PATCH/NAME screen, and specify a channel
name and icon.

Setting the gain

Head amp settings are made in the GAIN/PATCH window.

STEP

1. Use the Bank Select keys in the Centralogic section to select the channels.

2. Press the HA/PHASE field in the OVERVIEW screen.

3. Press the 1ch or 8ch tab in the GAIN/PATCH window.

4. Make settings for the head amp.

Sending the signal from an input channel to the STEREO/MONO bus

The STEREO bus and MONO bus are used to send signals to the main speakers. There are
two ways to send signals to the STEREO bus or MONO bus: ST/MONO mode and LCR
mode. You can select the mode individually for each channel. These two modes differ as
follows.

ST/MONO mode

This mode sends signals from the input channel to the STEREO bus and to the MONO bus
independently. ¢ Signals sent from an input channel to the STEREO bus and to the MONO
bus can be switched on or off individually.

The panning of a signal sent from an input channel to the STEREO bus L/R is controlled by
the TO ST PAN knob. (Signals sent to the MONO bus are not affected by this knob.) * The
left/right volume balance of a signal sent from an ST IN channel to the STEREO bus is
controlled by this knob.

If PAN/BALANCE mode is set to PAN, you will be able to adjust the pan position of signals
sent to the STEREO bus L/R individually.

nLCR mode

This mode sends input channel signals to three buses (STEREO (L/R) and MONO (C))
simultaneously. * Signals sent from an input channel to the STEREO bus and MONO bus
will be switched on or off collectively. « The CSR (Center Side Ratio) knob specifies the
level ratio between signals sent from an input channel to the STEREO (L/R) bus and to the
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MONO (C) bus. * The TO ST PAN knob/BALANCE knob specifies the level of signals sent
from an input channel to the STEREO (L/R) bus and MONO (C) bus.

NOTE

If you want to monitor the signal of the STEREO bus or MONO bus through headphones or
similar devices, press the MONITOR button in the Function Access Area to select “LCR”
as the monitor source before you continue with the following procedure.

STEP

1. Set the phantom power, gain, and phase of the input channel from which you want to send
the signal to the STEREO/MONO bus.

2. Use the Bank Select keys in the Centralogic section to select the input channel from which
you want to send the signal to the STEREO/MONO bus.

3. In the STEREO/MONO field, press a knob to select the channel you want to adjust in the
OVERVIEW screen, and then press the knob once again.

4. Use the MODE select button in the TO STEREO/MONO window to select either ST/
MONO mode or LCR mode for each channel.

5. In the MASTER section on the top panel, turn on the [ON] key for the STEREO
channel/MONO channel, and then raise the fader to an appropriate level.

6. In the INPUT section on the top panel, turn on the [ON] key for the input channel you
want to control, and then raise the fader to an appropriate position.

The subsequent steps will differ depending on whether ST/MONO mode or LCR mode was
selected for the channel in step 4.

Channels for which ST/MONO mode is selected

7. In the TO STEREO/MONO window, use the STEREO/MONO button to turn on/off the
signal sent from the input channel to the STEREO bus / MONO bus.

8. Use the TO ST PAN knob to set the panning of a signal sent from the input channel to the
STEREO bus.

Channels for which LCR mode is selected 7. In the TO STEREO/MONO window, use the
LCR button to turn signals sent from the input channel to the STEREO bus/MONO bus on
or off collectively.



8. Use the CSR knob to adjust the level difference between the signals sent from that channel
to the STEREO (L/R) bus and to the MONO (C) bus.

9. Use the TO ST PAN knob to specify the panning of signals sent from the input channel
to the STEREO (L/R) bus and MONO (C) bus.

Sending a signal from an input channel to a MIX/ MATRIX bus

The MIX buses are used mainly for the purpose of sending signals to foldback speakers on
stage, or to external effect processors. The MATRIX buses are used to produce a mix that is
independent of the STEREO bus or MIX buses, and is typically sent to a master recorder or
to a backstage monitoring system.

You can send a signal from an input channel to a MIX/MATRIX bus in the following three
ways.

nUsing the Selected Channel section

With this method, you use the knobs in the SELECTED CHANNEL section to adjust the
send levels to the MIX/MATRIX buses. When using this method, signals sent from a
specific input channel to all MIX/MATRIX buses can be adjusted collectively.

nUsing the Centralogic section

With this method, you use the multifunction knobs in the Centralogic section to adjust the
level of signals sent to the MIX/MATRIX buses. When using this method, the signals sent
from eight consecutive input channels to a specific MIX/MATRIX bus can be adjusted
simultaneously.

nUsing the faders (SENDS ON FADER mode)

With this method, you switch the CL series unit to SENDS ON FADER mode, and use the
faders on the top panel to adjust the level of signals sent to the MIX/MATRIX buses. When
using this method, signals sent from all input channels to a specific MIX/MATRIX bus can
be adjusted simultaneously.

Using the Selected Channel section

This section explains how to use the knobs in the SELECTED CHANNEL section to adjust

the send levels of signals sent from a specific input channel to all MIX/MATRIX buses.
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STEP

1. Assign an output port to each MIX/MATRIX bus to which you want to send signals, and
connect your monitor system, external effects processor, or other device to the
corresponding output port.

2. Use the [SEL] keys on the top panel to select the input channel that will send signals to
the MIX/MATRIX bus.

3. Press one of the knobs in the Selected Channel section.

4. Turn on the ON button in the SEND field in the SELECTED CHANNEL VIEW screen.
5. Turn on the TO MIX/MATRIX SEND ON/OFF button for the send-destination MIX bus.
6. Use the MIX/MATRIX SEND LEVEL knob in the SELECTED CHANNEL section to
adjust the send levels to the MIX/MATRIX buses.

Using the Centralogic section

You can use the multifunction knobs in the Centralogic section to adjust the send level of
signals sent from eight consecutive input channels to a specific MIX/MATRIX bus.

STEP

1. Assign an output port to each MIX/MATRIX bus to which you want to send signals, and
connect your monitor system, external effects, or other device to the corresponding output
port.

2. Use the Bank Select keys in the Centralogic section to select the channels that you want
to control.

3. Inthe OVERVIEW scree, press the TO MIX/MATRIX SEND LEVEL knob to select the
desired send-destination MIX/MATRIX bus, and then press it again.

4. Use the SEND ON/OFF button in the MIX SEND/MATRIX SEND screen to turn the
signal on/off and to adjust the send level.

Using the faders (SENDS ON FADER mode)

You can use the faders on the top panel to adjust signals that are sent from all input channels
to a specific MIX/MATRIX bus.

STEP



1. Assign an output port to each MIX/MATRIX bus to which you want to send signals, and
connect your monitor system, external effects, or other device to the corresponding output
port.

2. In the Function Access Area, press the SENDS ON FADER button.

3. Use the MIX/MTRX ON select buttons in the Function Access Area to switch between
MIX 1-16 and MIX 17-24/MATRIX.

4. Use the MIX/MATRIX bus selection buttons in the Function Access Area to select the
send-destination MIX/MATRIX bus.

5. Use the faders in the Channel Strip section on the top panel to adjust the send level of
signals routed from the input channels to the selected MIX/MATRIX bus.

Correcting delay between channels (Input Delay)

This section explains how to correct delay between input channels by using the Input Delay
function.

This function is useful when you want to correct the phase variance caused by microphone
locations on the stage, to add depth to the sound by using phase variance, or to correct a
delay (a time gap) that may exist between video and audio that are sent from a site for
broadcast on TV.

STEP

1. Use the [SEL] keys on the top panel to select the input channel that will send signals to
the MIX/MATRIX bus.

2. Press one of the knobs in the Selected Channel section.

3. Press the INPUT DELAY field in the SELECTED CHANNEL VIEW screen.

4. Press the 8 ch tab in the INPUT DELAY screen. 5. Use the on-screen buttons and the
multifunction knobs to set the delay.

Surround output for input channels

Setting Surround mode

You can enable surround mixes by changing bus settings to Surround mode.

STEP

1. In the Function Access Area, press the SETUP button.

2. In the SETUP screen, press the SURROUND SETUP button.
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3. Press the 5.1 SURROUND button.

4. Assign channels to MIX 1 - 6 for surround output.

5. Press the APPLY button.

6. Press the OK button in the confirmation dialog box.

Sending signals from MIX channels to the STEREO/ MONO bus

There are two ways to send signals to the STEREO bus or MONO bus: ST/MONO mode
and LCR mode. You can select the mode individually for each channel. Features of each
mode are the same as for input channels.

STEP

1. Use the Bank Select keys in the Centralogic section to select the MIX channel from which
you want to send the signal to the STEREO/MONO bus.

2. In the STEREO/MONO field, press a knob to select the channel you want to adjust in the
OVERVIEW screen, and then press the knob once again.

3. Use the MODE select button in the TO STEREO/MONO window to select either ST/
MONO mode or LCR mode for each channel.

4. In the MASTER section on the top panel, turn on the [ON] key for the STEREO
channel/MONO channel, and then raise the fader to an appropriate level.

5. In the Centralogic section, press an OUTPUT bank select key so that the MIX channels
you want to control are assigned to the Centralogic section.

6. Turn on the [ON] keys for those channels, and use the fader in the Centralogic section to
raise the master level of the MIX channel to an appropriate position.

The subsequent steps will differ depending on whether ST/MONO mode or LCR mode was
selected for the channel in step 3.

Channels for which ST/MONO mode is selected

7. Inthe TO STEREO/MONO window, use the ST/MONO button to turn a signal sent from
the MIX channel to the STEREO bus/MONO bus on or off .

8. Use the TO ST PAN knob to set the panning of the signal sent from the MI1X channel to
the STEREO bus.

Channels for which LCR mode is selected

7. Turn on the LCR button in the TO STEREO/MONO window.



8. Press the CSR knob to select it, and use multifunction knobs 1 - 8 to adjust the level
difference between signals sent from that channel to the STEREO (L/R) bus and to the
MONO (C) bus.

9. Press the TO ST PAN knob to select it, and use multifunction knobs 1 - 8 to adjust the
panning of signals sent from the MIX channel to the STEREO (L/R) bus and MONO (C)
bus, and the level balance of signals sent to the MONO (C) bus and STEREO (L/R) bus.
Sending signals from MIX channels and STEREO/ MONO channels to MATRIX buses
You can send a signal from a MIX or STEREO/MONO channel to MATRIX buses 1 - 8 in
the following two ways.

Using the Selected Channel section

With this method, you use the knobs in the SELECTED CHANNEL section to adjust the
send levels to the MATRIX buses. This method allows you to simultaneously control signals
sent from a specific MIX, STEREO (L/R), or MONO (C) channel to all MATRIX buses.
Using the Centralogic section

With this method, you use the multifunction knobs in the Centralogic section to adjust the
send levels to the MATRIX buses. This method allows you to simultaneously control signals
sent from up to eight MIX, STEREO (L/R), or MONO (C) channels to a specific MATRIX
bus.

Using the Selected Channel section

Use the knobs in the SELECTED CHANNEL section to adjust the send level of signals sent
from the desired MIX, STEREO (L/R) or MONO (C) channel to all MATRIX buses

STEP

1. Assign an output port to the MATRIX bus to which you want to send signals, and connect
an external device.

2. Using the Bank Select keys in the Centralogic section, assign the desired MIX channels
or the STEREO/MONO channels to the Centralogic section.

3. Use the [SEL] keys of the Centralogic section to select the input channel that will send
signals to the MATRIX buses.

4. Press one of the knobs in the Selected Channel section.
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5. In the SELECTED CHANNEL VIEW screen, turn on the TO MATRIX SEND ON/OFF
button for the send-destination MATRIX bus.

6. Use the MIX/MATRIX SEND LEVEL knob in the SELECTED CHANNEL section to
adjust the send levels to the MATRIX buses.

Using the Centralogic section

This method lets you use the multifunction knobs (in the Centralogic section) to
simultaneously adjust the send levels from the eight channels selected in the Centralogic
section to the desired MATRIX bus.

STEP

1. Assign an output port to the MATRIX bus to which you want to send signals, and connect
an external device to that output port.

2. Use the Bank Select keys in the Centralogic section to select the channels that you want
to control.

3. In the OVERVIEW screen, press the TO MATRIX SEND LEVEL knob to select the
desired send-destination MATRIX bus, and then press it again.

4. Set the SEND ON/OFF button to ON, and use the SEND LEVEL knob to adjust the send
level.

Using the faders (SENDS ON FADER mode)

You can use the faders on the top panel to adjust signals that are sent from the MIX and
STEREO/MONO channels to a specific MATRIX bus.

STEP

1. Make sure that an output port is assigned to the MATRIX bus to which you want to send
signals, and that your monitor system etc. is connected to the corresponding output port.

2. In the Function Access Area, press the SENDS ON FADER button.

The CL series unit will switch to SENDS ON FADER mode. The faders in the Channel Strip
section and Master section will move to the send levels of the signals that are routed from
each channel to the currently-selected MIX/MATRIX bus. The [ON] keys will also change
to the SEND ON status.

In SENDS ON FADER mode, the Function Access Area in the display will show the buttons
that enable you to switch between MIX 1-16 ON FADER mode and MIX 17-24/MATRIX



ON FADER mode, and the buttons that enable you to select the destination MIX/MATRIX
buses.

3. Use the MIX 1-16 and MIX 17-24/MATRIX select buttons to switch between MIX 1-16
and MIX 17-24/MATRIX.

Now you can use the MIX/MATRIX bus select buttons to specify the destination MIX/
MATRIX buses.

4. Use the MIX/MATRIX bus selection buttons in the Function Access Area to select the
send-destination MATRIX bus.

5. Use the faders in the top panel Centralogic section to adjust the send level from the MIX
and STEREO/MONO channels to the selected MATRIX bus.

6. Repeat steps 4 - 5 to adjust the send level for other MATRIX buses in the same way.

7. When you're finished adjusting the MATRIX send levels, press the X symbol in the
Function Access Area.

The Function Access Area display will return to its prior state, and the CL console will exit
SENDS ON FADER mode and return to normal mode.

EQ and Dynamics

Each input channel and output channel on a CL series console provides a four-band EQ and
dynamics.

EQ can be used on all input channels and all output channels. An attenuator is provided
immediately before the EQ, allowing you to attenuate the level of the input signal so that the
GAIN setting for EQ will not cause the signal to clip. Input channels also provide a high-
pass filter that is independent of the EQ.

Input channels provide two dynamics processors: Dynamics 1 can be used as a gate, ducking
device, compressor, or expander, while Dynamics 2 can be used as a compressor, hard
compander, soft compander, or de-esser. Output channels provide one dynamics processor,
which can be used as a compressor, expander, hard compander, or soft compander.

Using EQ

This section explains the four-band EQ that is provided on input channels and output
channels.

STEP
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1. Use the Bank Select keys in the Centralogic section to select the channels that you want
to control.

2. Press the EQ field in the OVERVIEW screen.

3. Press the 1ch tab in the HPF/EQ window.

4. Press the EQ ON button, and adjust the EQ parameters.

Using dynamics

Input channels feature two dynamics processors; output channels feature one dynamics
processor.

STEP

1. Use the Bank Select keys to select the channel for which you want to control the dynamics.
2. Press the DYNAMICS 1/2 field in the OVERVIEW screen.

3. Press the 1 ch tab in the DYNAMICS1/2 window.

4. Press the DYNAMICS ON button, and adjust the dynamics parameters.

Channel Job

This chapter explains the DCA Group and Mute Group functions that enable you to control
the level or muting of multiple channels together, the Channel Link function that links the
parameters of multiple channels, and the operations that enable you to copy or move
parameters between channels.

DCA group

CL series consoles feature sixteen DCA groups that enable you to control the level of
multiple channels simultaneously.

DCA groups enable you to assign input and output channels to sixteen groups, so that the
Centralogic section faders 1 - 8 can be used to control the level of all channels in each group.
A single DCA fader will control the level of all input channels belonging to the same DCA
group while maintaining the level difference between the channels. This provides a
convenient way in which drum mics, for example, can be grouped.

Assigning channels to a DCA group

There are two ways to assign a channel to a DCA group. ¢ You can select a specific DCA
group and then specify the channels to be assigned to the group, or * You can select a specific

channel and then specify the DCA group to which it should be assigned.



STEP

1. In the Function Access Area, press the CH JOB button.

2. Press the DCA GROUP button.

3. Use the DCA GROUP select button to select the DCA group to which you want to assign
channels.

4. Use the [SEL] keys in the INPUT section or ST IN section to select the channels that you
want to assign to the group (multiple selections are allowed).

Selecting the DCA groups to which a specific channel will belong

STEP

1. Press the [SEL] key of the input channels and output channels that you want to operate.
2. Press one of the knobs in the SELECTED CHANNEL section.

3. Use the DCA group select buttons in the SELECTED CHANNEL VIEW screen to select
the DCA group(s) to which the currently-selected channel will be assigned (multiple
selections are allowed).

Controlling DCA groups

Use the faders of the Centralogic section to control DCA groups.

STEP

1. Assign input and output channels to DCA groups.

2. Using the faders in the Channel Strip section or Master section on the top panel, adjust
the relative balance between the input and output channels that belong to the DCA group
you want to use.

3. Use the Bank Select keys in the Centralogic section to select the [DCA 1-8] key or the
[DCA 9-16] key. 4. Use the Centralogic section to operate the DCA group.

Using the temporary unmute function

If one of the DCA group buttons on a channel is OFF (muted), press the [ON] key for that
channel to temporarily unmute the channel. However, in Preview mode, any operation
during mute with pressing of the [ON] key is disabled.

Example 1: CH 1 is OFF. Assigned to DCA GROUP 1.

Operation Example 1 1. Press the ON key for DCA 1. The indicator lamp goes off.
The indicator lamp for the ON key for CH 1 remains off. DCA 1 is muted.
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2. Press the ON key for CH 1.

CH 1 is temporarily unmuted, and the indicator lamp for the ON key comes on.

3. Press the ON key for DCA 1. The indicator lamp comes on.

DCA 1 is unmuted, and the indicator lamp for the ON key for CH 1 comes on.

Example 2: CH 1 is ON. Assigned to MUTE GROUP 1 and DCA GROUP 1.

Operation Example 2

1. Set MUTE MASTER 1 to ON (MUTE).

CH 1 is muted, and the ON key flashes.

2. Press the ON key for CH 1.

CH 1 is temporarily unmuted, and the indicator lamp for the ON key comes on.

3. Press the ON key for DCA 1. The indicator lamp goes off.

CH 1 is muted, and the ON key flashes.

4. Press the ON key for CH 1.

CH 1 is temporarily unmuted, and the indicator lamp for the ON key comes on.

5. Press the ON key for CH 1 again.

CH 1 is muted again, and the ON key flashes.

6. Set DCA1 to ON, and MUTE MASTER 1 to OFF.

CH 1 is unmuted, and the indicator lamp for the ON key comes on.

Mute group

CL series consoles feature eight mute groups.

Mute groups enable you to use USER DEFINED keys [1]-[16] to mute or unmute multiple
channels in a single operation. You can use this to cut out multiple channels simultaneously.
Mute groups 1 - 8 can be used with both input channels and output channels. Both types of
channels can exist in the same group.

Assigning channels to mute groups

As with the DCA group, there are the following two ways to assign channels to mute groups.
* You can select a specific mute group first and then specify the channels to be assigned to
the group, or * You can select a specific channel and then specify the mute group to which
it should be assigned.

nSelecting the channels that will belong to a specific mute group



STEP

1. In the Function Access Area, press the CH JOB button.

2. Press the MUTE GROUP button in the CH JOB menu.

3. Use the mute group master buttons in the DCA/MUTE GROUP ASSIGN MODE window
to select the mute group to which you want to assign channels.

4. Press the [SEL] key for the input channels/output channels that you want to operate
(multiple selections are allowed).

Channel Link function

Channel Link is a function that links the operation of parameters such as fader and EQ
between input and output channels. Two or more channels that are linked are called a “link
group”. There is no limit on the number of link groups you can create, or on the number and
combinations of channels that can be included in these link groups. You can select the types
of parameters to be linked for each link group. However, input channels and output channels
cannot coexist on the same link group.

The parameters to be linked can be selected from the following choices.

For an input channel: « Head amp settings ¢ Digital gain settings * HPF settings * EQ settings
* Dynamics 1 settings * Dynamics 2 settings * Insert on and insert point settings ¢ Direct Out
on, Direct Out level, and Direct Out point settings * Send levels and PRE/POST settings of
signals sent to MIX buses ¢ On/off status of signals sent to MIX buses * Send levels and
PRE/POST settings of signals sent to MATRIX buses * On/off status of signals sent to
MATRIX buses * Fader operations

[ON] key operations * TO STEREO/MONO setting « DELAY setting «+ DCA GROUP
ASSIGN setting « MUTE GROUP ASSIGN settings For an output channel: « EQ settings ¢
Dynamics settings * Insert on and insert point settings * Send levels and PRE/POST settings
of signals sent to MATRIX buses *1 « On/off status of signals sent to MATRIX buses *1 ¢
Fader operations ¢ [ON] key operations * TO STEREO/MONO setting *1 « DCA GROUP
ASSIGN setting * MUTE GROUP ASSIGN settings

*1 MATRIX channel not applicable

Linking the desired input channels

This section explains how to link specific parameters of input channels.
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NOTE

Channel link settings are saved as part of the scene.

STEP

1. In the Function Access Area, press the CH JOB button.

2. Press the CH LINK button in the CH JOB menu.

3. To link channels, hold down the [SEL] key for the link-source input channel and press
the [SEL] key for the link-destination channel.

4. Use the buttons of the LINK PARAMETER field in the CH LINK MODE window to
select the parameter(s) that will be linked (multiple selections are allowed).

5. If you turned on the MIX ON, MIX SEND, MATRIX ON, or MATRIX SEND buttons
in step 4, use the buttons of the SEND PARAMETER field to specify the bus(es) for which
you want operations to be linked (multiple selections are allowed).

Copying, moving, or initializing a channel

You can copy or move mix parameters between channels, or restore the parameters of a
specific channel to their default settings.

Copying the parameters of a channel

You can copy the mix parameter settings of a channel to another channel. When you execute
the copy operation, the settings will overwrite the parameters of the copy-destination.

You can copy between the following combinations of channels. * Between input channels ¢
Between the STEREO L/R channel and MONO channel « Between MIX channels ¢ Between
MATRIX channels

STEP

1. In the Function Access Area, press the CH JOB button.

2. Press the COPY button in the CH JOB menu.

3. Press a [SEL] key to select the copy-source channel.

4. Press the [SEL] key for the copy-destination channel (multiple selections are allowed).
5. If you have selected a MIX/MATRIX channel as the copy-source, use the buttons in the
COPY TARGET field to select the parameters you want to copy.

6. Press the COPY button to execute the copy.

Initializing the parameters of a channel



You can restore the parameters of a channel to an initialized state. This operation can be
performed on any channel(s).

STEP

1. In the Function Access Area, press the CH JOB button.

2. Press the DEFAULT button in the CH JOB menu. 3. Press the [SEL] key of the channel(s)
to be initialized to make it light (multiple selections are allowed). 4. Press the DEFAULT
button to execute the Initialization.

About Mix Minus

The Mix Minus function removes a specific channel signal from the signals sent to the MIX/
MATRIX buses. You can use this function to quickly send monitoring signals to a performer
or announcer simply by removing his or her audio signal.

STEP

1. Hold the [SEL] key while pressing the MIX/MATRIX bus key in the SELECTED
CHANNEL section.

2. The MIX MINUS popup window will open.

3. If you wish to remove an additional input channel, press the corresponding [SEL] key.
4. If necessary, in the DESTINATION field, select a bus.

You cannot select a FIXED bus.

5. Press the OK button to set the parameters as follows:

* The send level of the signals sent from the selected input channels is lowered to -odB. «
The send level of the signals sent from all other input channels is set to nominal (0.0dB). ¢
Send to the destination bus is turned on, and the send point is switched to POST. ¢ For the
stereo input channels, the send level of the signal sent from both channels is set to -oo dB.
Scene memory

On CL series consoles, you can assign a name to a set of mix parameter and input/output
port patch settings, and store the mix settings in memory (and later recall them from
memory) as a “scene.” Each scene is assigned a number in the range of 000-300. Scene 000
is a read-only scene used to initialize the mix parameters. Scenes 001-300 are writable

Scenes.
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Each scene contains the position of the top panel faders and [ON] key status, as well as the
following parameters. ¢ Input/output port patching ¢ Bus settings * Head amp settings * EQ
settings * Dynamics 1 and 2 settings * Rack (GEQ/Effect/Premium Rack) settings e
Pan/balance settings ¢ Insert/Direct Out settings « On/off status and send level of signals sent
to MIX buses * On/off status and send level of signals sent to MATRIX buses « DCA group
settings « Mute group settings * Channel link settings The number of the currently-selected
scene appears in the SCENE field of the Function Access Area.

Storing and recalling scenes

To store the current mix settings as a scene in memory and recall it later, you can use the
keys in the SCENE MEMORY/MONITOR section on the top panel, or you can use the
SCENE LIST window.

Storing a scene

nUsing the keys of the SCENE MEMORY/MONITOR section

STEP

1. Use the pad controls of the top panel or the buttons in the touch screen to set the mix
parameters as desired.

2. Use the SCENE MEMORY [INC]/[DEC] keys to select the store-destination scene
number.

3. Press the SCENE MEMORY [STORE] key.

4. Assign a title or comment to the scene in the SCENE STORE window as desired.

5. Press the SCENE MEMORY [STORE] key or the STORE button located in the lower
part of the SCENE STORE window.

6. Press the OK button in the STORE CONFIRMATION dialog box to execute the Store
operation.

Using USER DEFINED keys to recall

You can use the USER DEFINED keys to recall a selected scene with a single keystroke, or
to step through the scenes. To do this, you must first assign a scene recall operation to a
USER DEFINED key. The following recall operations can be assigned to a USER
DEFINED key.

« INC RECALL



Immediately recalls the scene of the number that follows the currently-loaded scene. « DEC
RECALL

Immediately recalls the scene of the number that precedes the currently-loaded scene.
NOTE

If no scene is stored in the number that precedes or follows the currently-loaded scene, the
closest scene number in which a scene is stored will be recalled.

* DIRECT RECALL

Directly recalls the scene number that you assigned to the USER DEFINED key. When you
press a USER DEFINED key to which this function is assigned, the assigned scene will be
recalled immediately.

STEP

1. In the Function Access Area, press the SETUP button.

2. Press the USER SETUP button in the upper left of the SETUP screen.

3. In the USER SETUP window, press the USER DEFINED KEYSS tab.

4. Press the button corresponding to the USER DEFINED key to which you want to assign
a function.

5. In the FUNCTION column, select “SCENE.”

6. Selects the function you want to assign. * To assign INC RECALL or DEC RECALL
Choose “INC RECALL” or “DEC RECALL” in the PARAMETER 1 column. * To assign
DIRECT RECALL Choose “DIRECT RECALL” in the PARAMETER 1 column, and
choose“SCENE #xxx” (xxx is the scene number) in the PARAMETER 2 column.

7. When you have finished making settings, press the OK button to close the window.

8. Press the USER DEFINED key to which you want to assign a recall function.

Using the Global Paste function

“Global Paste” is a function that lets you copy and paste settings for the desired channel or
parameter from the current scene to scene data in memory (multiple selections are allowed).
This can be convenient if you want to apply changes (that you made to the current scene) to
multiple scenes that have already been stored.

NOTE
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The Global Paste function will be available for a user if the SCENE LIST STORE/SORT
parameter is turned on in his or her user level settings.

STEP

1. Press the SCENE field in the Function Access Area.

2. Press the GLOBAL PASTE button in the SCENE LIST window.

3. Use the tabs in the GLOBAL PASTE window to select the item you want to copy.

4. Press the [SEL] key on the top panel to select the copy-source channel , and then press
the button in the window to select a parameter.

5. Use multifunction knobs 7 and 8 to select the range of paste-destination scenes.

6. Press the PASTE button to execute the paste operation.

Using the Fade function

“Fade” is a function that smoothly changes the faders of specified channels and DCA groups
to their new values over a specified duration when you recall a scene. The settings of the
Fade function are made independently for each scene.

STEP

1. Press the SCENE field in the Function Access Area.

2. Press the FADE TIME tab at the bottom of the SCENE LIST window.

3. In the SCENE LIST window, press the SET button for the scene you want to set.

4. Press the [SEL] keys for the channels or DCA groups to select the channels or DCA
groups to which the Fade effect will be applied (multiple selections are allowed).

5. Use the multifunction knob to adjust the fade time.

6. Press the OK button to close the FADE TIME window.

7. Press the FADE button in the SCENE LIST window to enable the Fade function.

8. Recall a scene for which the Fade function is turned on.

The faders will begin to move immediately after Recall occurs, and will reach the values of
the recalled scene over the course of the specified fade time.

Playing back an audio file that links to a scene recall

You can also specify an audio file that you want to play back from a USB flash drive when
a specific scene is recalled. This can be convenient if you want an effect sound or BGM to

be played automatically in a specific scene.



NOTE

« Save audio files for playback in the SONGS folder within the YPE folder. If you save them
in the root directory or in other folders, you will be unable to specify them for playback.
When an audio file is played, the path in the TITLE LIST screen will indicate
\YPE\SONGS\. * You cannot play audio files during recording or in recording standby
mode. ¢ A specified audio file will be played back only once, regardless of the playback
mode settings. * Audio file names must be eight characters plus three extension characters.
If you change the file name after specifying the file for playback, or if you delete or copy
the file repeatedly, the specified file may become unrecognizable in rare cases.

STEP

1. Connect a USB flash drive that contains the audio files to the USB connector.

2. Press the SCENE field in the Function Access Area.

3. Press the PLAYBACK LINK tab at the bottom of the SCENE LIST window.

4. Press the song select button for a scene to which you want to link the audio file.

5. Press a list in the SONG SELECT window or use the multifunction knobs to select a file
that you want to link to a scene.

6. Use the corresponding multifunction knob to set the offset (the time duration until the
start of audio file playback).

7. Press the OK button.

8. Press the PLAY button to turn on the link to the audio file.

9. Recall a scene to which an audio file has been linked.

Using Preview mode

Preview mode lets you view or edit the settings of a scene stored in memory without
affecting the signal processing of the current scene. When you recall a scene in this mode,
the settings of the newly recalled scene will appear on the panel of the CL series console,
but the signal processing of the current scene will remain as it was prior to the recall. Even
if you modify the settings and save them as a new scene or by overwriting, the signal
processing of the current scene will remain as it was prior to the recall. During an actual
performance, it can be convenient to use this to check the content of the scene you intend to

recall next, or to make minor changes to a scene and then store it.
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STEP

1. Press the [PREVIEW] key. Or, press the PREVIEW button in the SCENE LIST window.
2. Use the [INC]/[DEC] keys, multifunction knobs, or [TOUCH AND TURN] knobs in the
SCENE MEMORY section to operate the SCENE SELECT knob in the SCENE LIST
window, and select the scene number that you want to recall.

3. Press the SCENE MEMORY [RECALL] key. Or, press the RECALL SCENE button in
the SCENE LIST window. To execute the Recall operation, press the OK button.

4. If desired, use the panel controls to edit the settings.

5. If you want to store the changes you made in step 4, select the scene number in which you
want to store the scene, and press the SCENE MEMORY [STORE] key. Or, press the
SCENE STORE button in the SCENE LIST window.

6. When you have finished viewing or editing the settings of the scene, press the PREVIEW
key. Or, press the PREVIEW button in the SCENE LIST window.

1/0O devices and external head amps

This chapter explains how to use an 1/0 device or an external head amp that is connected to
the CL series console. Before you proceed, use DANTE SETUP to specify the 1/0 devices
that will be mounted. For details, refer to “Mounting an I/O device on the Dante audio
network”.

Using an 1/O device

CL series consoles enable you to remotely control channel parameters of an 1/O device (such
as an R series product) connected to the Dante connector.

1/0 device patching

Here's how an 1/0O device connected to the Dante connector can be patched to the Dante
audio network.

STEP

1. Connecting CL series consoles and 1/O devices

2. In the Function Access Area, press the I/O DEVICE button.

3. Press the DANTE PATCH tab in the upper part of the I/O DEVICE screen.

4. Press the DANTE INPUT PATCH button in the I/O DEVICE screen

5. Press the AUTO SETUP button.



If you want to edit individual patches, press the port select button.

6. Press the device in the I/O DEVICE screen.

7. Press the port select button in the OUTPUT PATCH window.

8. In the PORT SELECT screen, select the output port.

Remotely controlling an R series unit

This section explains how to remotely control an R series unit that's connected to the Dante
connector.

STEP

1. In the upper part of the 1/O DEVICE screen, press the /O tab to display the 1/O DEVICE
screen.

2. Press the rack in which the 1/0 device that has head amp functionality is mounted.

3. Open the 1/0 DEVICE HA screen to remotely control the head amp of the 1/0 device.

4. To remotely control a head amp from an input channel, press a knob in the SELECTED
CHANNEL section to display the SELECTED CHANNEL VIEW screen.

5. Press the GAIN/PATCH field of the channel you want to adjust. The GAIN/PATCH
window will appear. 6. Control the head amp of the 1/0 device in the GAIN/PATCH
window.

7. When you have finished making settings, press the “x” symbol to close the window.

8. Press the rack in which the 1/0 device on the OUTPUT side is mounted.

9. Set the output port on the OUTPUT PATCH window, as necessary.

Remotely controlling an amp

This section explains how to remotely control an AMP unit that's connected to the Dante
connector.

STEP

1. Press the AMP tab in the upper part of the I/O DEVICE screen.

2. Press the 1/0 device displayed on the 1/0 DEVICE screen.

3. Set the output port on the OUTPUT PATCH window, as necessary.
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Remotely controlling WIRELESS unit

This section explains how to remotely control a WIRELESS unit that's connected to the
Dante connector.

STEP

1. Press the WIRELESS tab in the upper part of the 1/O DEVICE screen.

2. Press the 1/0 device displayed in the 1/0 DEVICE screen.

3. Set the output port on the OUTPUT PATCH window, as necessary.

Remotely controlling an external head amp

An external head amp ( “external HA” ) connected via MY 16-ES64 or NAI48-ES can be
remotely controlled from the CL series console.

STEP

1. Connect the CL series console to an external HA.

2. In the Function Access Area, press the RACK button.

3. Press the EXTERNAL HA tab in the upper part of the VIRTUAL RACK screen.

4. Press the EXTERNAL HA PORT SELECT button for the corresponding rack in the
VIRTUAL RACK screen.

5. Use the PORT SELECT buttons in the EXTERNAL HA PORT SELECT window to
select the input ports to which the audio output of the external HA is connected.

6. Press the CLOSE button to close the EXTERNAL HA PORT SELECT window.

7. In the VIRTUAL RACK screen, press the rack in which the external HA you want to
control is mounted.

8. Remotely control the external head amp in the EXTERNAL HA window.

MIDI

This chapter explains how to transmit MIDI messages from an external device to the CL
series console to control the CL console's parameters, and how to send out MIDI messages
from the CL console as you operate the unit.

The following illustration shows an example of connecting the MIDI IN/OUT connectors to

transmit and receive MIDI messages.



Basic MIDI settings

You can select the type of MIDI messages the CL series console will transmit and receive,
the MIDI port that will be used, and the MIDI channel.

STEP

1. In the Function Access Area, press the SETUP button.

2. Press the MIDI/GPI button in the center of the SETUP screen.

3. Press the MIDI SETUP tab in the MIDI/GPI screen.

4. Press the port select button for transmission (Tx) or reception (Rx) in the MIDI SET.

5. In the MIDI SETUP window for port selection, select the port type and port number that
will transmit or receive MIDI messages, and press the OK button.

6. Press the channel select button in the MIDI SETUP page.

7. In the MIDI SETUP window for channel selection, select the channel that will transmit
or receive MIDI messages, and press the OK button.

8. In the MIDI SETUP page, turn transmission/reception on or off for each MIDI message.
Using program changes to recall scenes and library items

The CL series console lets you assign a specific event (scene recall or effect library recall)
to each Program Change number, so that when this event is executed on the CL console, a
Program Change message of the corresponding number will be transmitted to an external
device. Conversely, the corresponding event can be executed when a Program Change

message is received from an external device.

STEP

1. Connect the CL series console to an external device.

2. Select the ports and MIDI channels that will be used to transmit/receive program changes.
3. Press the PROGRAM CHANGE tab in the MIDI/GPI screen.

4. In the PROGRAM CHANGE page, switch Program Change transmission/reception on or
off, select transmission/reception mode, and set echo output.

5. To change the event assignment for each program number, press the desired event in the

list and select an event type and the recall target.
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Using Parameter Changes to control parameters

On the CL series console, you can use a type of system exclusive messages called
“Parameter Changes” to control specific events (fader/knob operations, [ON] key on/off
operations, system and user settings, etc.) as an alternative to using Control Changes or
NRPN messages.

For details on the Parameter Changes that can be transmitted and received, refer to the data
list at the end of this manual.

STEP

1. Connect the CL series console to an external device.

2. Select the ports and MIDI channels (device number) that will be used to transmit/receive
parameter changes.

3. Use the Tx button and Rx button of the PARAMETER CHANGE field in the MIDI
SETUP page to turn on parameter change transmission/reception.

About the USB memory recorder

The CL series console features a USB memory recorder function that lets you easily record
internal audio signals to a USB flash drive, or play back audio files recorded on a USB flash
drive.

As the file format for recording, the CL series console supports MP3 (MPEG-1 Audio Layer-
3). For playback, it supports MP3 as well as WMA (Windows Media Audio) and AAC
(MPEG-4 AAC) files. However, DRM (Digital Rights Management) is not supported.

By using the USB memory recorder, the output from the STEREO bus or a MIX bus can be
recorded to a USB flash drive, or background music or sound effects saved on the USB flash
drive can be played back via an assigned input channel.

Assigning channels to the input/output of the recorder

Follow the steps below to patch the desired channels to the input and output of the USB
memory recorder. You can patch any desired output channel or the direct output of an
INPUT channel to the recorder input, and you can patch the recorder output to any desired
input channel.

STEP

1. In the Function Access Area, press the RECORDER button.



2. Press the USB tab in the RECORDER screen.

3. Press the RECORDER INPUT L or R button.

4. Use the category list and the port select buttons in the CH SELECT window to select the
channel that you want to patch to the USB memory recorder input.

5. When you have finished assigning the channel, press the CLOSE button.

6. Assign a channel to the other input in the same way.

7. Press the PLAYBACK OUTPUT L or R button.

8. Use the category list and the channel select buttons in the CH SELECT window to select
the channel that you want to patch to the USB memory recorder output.

9. When you have finished assigning the channel, press the CLOSE button. 10. Assign a
channel to the other output in the same way.

Recording audio to a USB flash drive

You can record the signal of the desired output channels as an audio file (MP3) onto the
USB flash drive inserted in the USB connector located to the right of the display.

STEP

1. Refer to “Assigning channels to the input/output of the recorder” to

assign channels to the input/output of the recorder.

2. Connect a USB flash drive with sufficient free capacity to the USB connector.

3. To monitor the signal being recorded, raise the fader for the channel(s) that are patched
to the input of the recorder.

4. Press the REC RATE button in the lower right of the RECORDER screen, then select the
bit rate for the audio file that will be recorded.

5. Press the REC (1) button located at the bottom of the screen.

6. To start recording, press the PLAY/PAUSE () button in the lower part of the screen.

7. To stop recording, press the STOP (n) button.

8. To audition the recorded content, proceed as follows. 8-1. Press the PLAY/PAUSE ()
button to play back the recording. 8-2. To stop playback, press the STOP (n) button.
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Playing back audio files from a USB flash drive

You can play back audio files that have been saved on your USB flash drive. In addition to
files that were recorded on the CL series console, you can also play files that were copied
from your computer to the USB flash drive.

The three types of file format that can be played are MP3 (MPEG-1 Audio Layer-3), WMA
(Windows Media Audio), and AAC (MPEG-4 AAC). The playable sampling rates are 44.1
kHz and 48 kHz. The supported bit rate ranges from 64 kbps to 320 kbps.

STEP

1. Connect a USB flash drive that contains the audio files to the USB connector.

2. In the Function Access Area, press the RECORDER button.

3. You can use the change directory icon in the RECORDER screen and the folder icon in
the No. field to view a content list of the folder that includes the desired file.

4. Use the multifunction knob or press the on-screen file name to select the desired file.

5. Press a button in the PLAY MODE field to select the playback mode.

6. If you turned on the REPEAT button in step 5, press the PLAY checkmark for the song
you want to play.

7. Press the PLAY/PAUSE () button to play back the song.

8. To stop playback, press the STOP (?) button.

5.3.2 Shure ULXD4Q / ULXD1

Basic overview:

JJ=1_, 20

1) Infrared (IR) Sync Window

Sends IR signal to the transmitter for sync.



2) Network Icon

Illuminates when the receiver is connected with other Shure devices on the network. IP

address must be valid to enable networked control.
3) Encryption Icon

Illuminates when AES-256 encryption is activated.
4) LCD Panel

Displays settings and parameters.
5) Scan Button

Press to find the best channel or group.
6) Menu Navigation Buttons

Use to navigate and select parameter menus.
7) Control Wheel

e Push to select a channel or menu item
e Turn to scroll through menu items or to edit a parameter value

8) Channel Select Button
Press to select a channel.
9) Sync Button

Press the sync button while the receiver and transmitter IR windows are aligned to transfer

settings from the receiver to the transmitter.
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10) RF Diversity LEDs

Indicate antenna status:

o Blue = normal RF signal between the receiver and transmitter
e Red = interference detected

o Off = No RF connection between the receiver and transmitter

Note: the receiver will not output audio unless one blue LED is illuminated.

11) RF Signal Strength LEDs

Indicate the RF signal strength from the transmitter:

o Amber = Normal (-90 to -70 dBm)
e Red = Overload (greater than -25 dBm)

12) Audio LEDs

Indicate average and peak audio levels:

LED Audio Signal Level
Red -0.1 dBFS

Yellow -6 dBFS

Yellow -12dBFS

Green -20 dBFS

Green -30 dBFS

Green -40 dBFS

13) Gain Buttons

Press the A ¥ gain buttons on the front of the receiver to incrementally adjust gain from -
18 to +42 dB.



14) Power Switch

Powers the unit on or off.

Scan and Sync

Use this procedure to tune a receiver and transmitter to the best open channel.

Turn on any devices that might produce interference during the show so the scan can detect

and avoid them, including:

Other wireless systems or devices

Computers

CD players

Large LED panels

Effects processors

Press SEL to select a receiver channel.

Perform a group scan on the receiver: SCAN > GROUP SCAN.

Press SCAN. While the scan is running, SCANNING appears on the screen.

When the scan is done, the receiver displays the group with the most available
frequencies. Press the flashing ENTER button to deploy frequencies to each receiver
channel.

Power on the ULXD transmitter.

Press the sync button on the receiver.

Align the IR windows until the receiver IR port turns red.
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System Reset
System Reset clears the current receiver settings and restores the factory default settings.
To restore factory default settings:

1. Go to DEVICE UTILITIES > SYSTEM RESET > RESTORE.
2. Scroll to the DEFAULT SETTINGS option and press ENTER.
3. Press the flashing ENTER button to return the receiver to the default settings.



5.3.3 Shure UA874

Basic overview:

1) Gain Switch

Adjust the four-position gain switch to compensate for the calculated cable loss, based

on the lenght and type of cable

2) Gain Mode LED

Indicates the current gain switch settings
3) RF Overload LED

Indicates a strong RF signal that is overloading the antenna amplifier, which reesults in
disortion or poor performance. Increase the distance between the antenna and

transmitter, or lower the antenna gain settings.
4) BNC Connector

Connect to a receiver or antenna combiner with RF inputs that supply 10-15 V DC bias
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Settings Gain

The gain setting should only be used to compensate for the calculated cable signal loss.
Additional signal gain does not mean better RF performance. Too much gain actually
reduces reception range and the number of available channels. This is because Shure
receivers are optimized to deliver the best performance when the sum of signal gain and
cable loss equals 0 dB. Additional gain just amplifies everything in the RF range—
including interference and ambient RF noise. It cannot selectively increase the signal from
the transmitter.

« Use the lowest gain setting necessary to achieve good reception of the transmitter
RF signal, as indicated on the receiver’s RF LED or meter.

« Only increase the gain setting to compensate for the calculated cable loss.

e The —6 dB gain setting can be useful for applications with short cable runs (25 feet
or less) and where the distance between the transmitter and antenna is less than 100
feet.

o Reduce gain if the antenna RF Overload LED illuminates—the signal is strong

enough, so gain is not needed.

5.34 FOCUSRITE REDNET D16R

Using Dante Controller Audinate Dante Controller is installed on your computer as part of
the RedNet Control installation. You can launch Dante Controller either by navigating to its
shortcut (in Finder > Applications on Macs or in All Programs in Windows), or by selecting
‘Launch Dante Controller...” from the right-click Utility menu in RedNet Control.



® Dante Controller - Network View (3.6.2.4 Release)
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The Dante Controller window has five tabs; Routing, Device Info, Clock Status, Network
Status and Events. The Routing tab is where custom audio routings can be set up.

The routing page is arranged as amatrix, with audio inputs listed horizontally (‘Dante
Transmitters’) and audio outputs listed vertically (‘Dante Receivers’). The ‘+’ symbol
against each RedNet device may be clicked to expand the full set of inputs or outputs; Note
that in the case of an input-only interface (e.g., RedNet 4), no outputs are listed. Clicking
the ‘“+’ symbol against the horizontal/vertical titles Dante Transmitters and Dante Receivers
simultaneously expands all audio inputs and outputs respectively; clicking the ‘- symbol
collapses them. In addition to the RedNet devices on the network, all 128 inputs and 128
outputs available through the RedNet PCle/ PCleR card are listed.

The matrix displays graphically how the physical inputs and outputs on the RedNet units are
currently mapped to the audio channels of the RedNet PCle/ PCleR card. Consider a simple

situation where a single RedNet 1 unit is on the network.

Expanding the RedNet PCle/ PCleR card inputs (vertical axis — Dante Receivers) and the
RedNet 1 audio inputs (horizontal axis — Dante Transmitters) will give a display like this:
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O Dante Controller - Network View (3.6.2.4 Release)
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You can see that the Dante Controller confirms that each of the RedNet 1’s analogue inputs
1 to 8 is mapped to the RedNet PCle/ PCIeR card’s network receive channels 1 to 8, by a
green tick. Similarly, expanding the RedNet PCle/ PCleR card outputs (horizontal axis —
Dante Transmitters) and the RedNet 1 audio outputs (vertical axis — Dante Receivers) gives

a display like this:
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Again, Dante Controller confirms that each of the network transmit channels 1 to 8 of the
RedNet PCle/ PCIeR card is mapped to RedNet 1’s analogue outputs 1 to 8. This basic
graphic principle extends to all RedNet units on the network.

Problem solving section

Can | use the RedNet PCle/PCleR for general playback on Windows?

The Windows driver for RedNet PCle/PCleR card is designed to work with ASIO
applications only (e.g. Pro Tools, Cubase, Nuendo).

The RedNet PCle/PCleR card will not appear as a standard Playback/Recording device in
Windows Sound and there is no supported way of using it with non-ASIO applications
(e.g. iITunes/Spotify/Media Player/browser audio).

3rd party solutions (such as ASIO Bridge) may allow users to access the first two
inputs/outputs in non-ASIO applications, however, please note that this is not supported by
Focusrite.
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The above refers to Windows systems only. On Mac, it is possible to select the RedNet
PCle/PCleR card as the Recording/Playback device for all software.

Fan Failure problem
Rednet show a warning message stating that the internal fans in your rednet D16R
have stopped working

This occurs in RedNet Control:

This message will state:

"The device "[your_device_name]" is experiencing a fan failure.
Please turn off the device and contact Focusrite Pro support urgently.”

If you see this message then please note:

It is very, very unlikely that there's a genuine issue with the fans in your unit.

Please update to the latest version of RedNet Control (2.4.4 or later) which will fix this
problem. You can obtain that from the Downloads section of our site.

You can verify whether the fans in your unit are working or not by either:

Looking through the side vents
Putting your ear close to those vents.

The fans are very quiet but when the device is switched on you will be able to hear them if

you position your ear very near to the vent.
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