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EN) Important Safety
Instructions

CAUTION

RISK OF ELECTRIC SHOCK!
DO NOT OPEN!

ATTENTION

RISQUE D’ELECTROCUTION !

NE PAS OUVRIR!
c Terminals marked with this symbol carry

electrical current of sufficient magnitude
to constitute risk of electric shock.
Use only high-quality professional speaker cables with
4" TS or twist-locking plugs pre-installed. All other
installation or modification should be performed only
by qualified personnel.

This symbol, wherever it appears,
alerts you to the presence of uninsulated
dangerous voltage inside the

enclosure - voltage that may be sufficient to constitute a
risk of shock.

This symbol, wherever it appears,
alerts you to important operating and
maintenance instructions in the

accompanying literature. Please read the manual.

Caution
To reduce the risk of electric shock, do not
remove the top cover (or the rear section).

No user serviceable parts inside. Refer servicing to
qualified personnel.

Caution
To reduce the risk of fire or electric shock,
do not expose this appliance to rain and

moisture. The apparatus shall not be exposed to dripping
or splashing liquids and no objects filled with liquids,
such as vases, shall be placed on the apparatus.

Caution
These service instructions are for use
by qualified service personnel only.

To reduce the risk of electric shock do not perform any
servicing other than that contained in the operation
instructions. Repairs have to be performed by qualified
service personnel.

Read these instructions.

Keep these instructions.

Heed all warnings.

Follow all instructions.
Do not use this apparatus near water.
(lean only with dry cloth.

NowswN

Do not block any ventilation openings. Install in
accordance with the manufacturers instructions.
8. Donotinstall near any heat sources such as

radiators, heat registers, stoves, or other apparatus
(including amplifiers) that produce heat.

9. Do not defeat the safety purpose of the polarized

or grounding-type plug. A polarized plug has two blades
with one wider than the other. A grounding-type plug
has two blades and a third grounding prong. The wide
blade or the third prong are provided for your safety. If the
provided plug does not fit into your outlet, consult an
electrician for replacement of the obsolete outlet.

10. Protect the power cord from being walked on or
pinched particularly at plugs, convenience receptacles,
and the point where they exit from the apparatus.

11. Use only attachments/accessories specified by
the manufacturer.

12. Use only with the
cart, stand, tripod, bracket,
or table specified by the

[ ) manufacturer, o sold with
the apparatus. When a cart
is used, use caution when
moving the cart/apparatus
combination to avoid

VAT

~——

injury from tip-over.
13. Unplug this apparatus during lightning storms or
when unused for long periods of time.

14. Refer all servicing to qualified service personnel.
Servicing is required when the apparatus has been
damaged in any way, such as power supply cord or plug
is damaged, liquid has been spilled or objects have fallen
into the apparatus, the apparatus has been exposed

to rain or moisture, does not operate normally, or has
been dropped.

15. The apparatus shall be connected to a MAINS socket
outlet with a protective earthing connection.

16. Where the MAINS plug or an appliance coupler s
used as the disconnect device, the disconnect device shall
remain readily operable.

17. Correct disposal of this
product: This symbol indicates that
this product must not be disposed
of with household waste,
according to the WEEE Directive
I (2012/19/EU) and your national
law. This product should be taken
to a collection center licensed for the recycling of waste
electrical and electronic equipment (EEE). The
mishandling of this type of waste could have a possible
negative impact on the environment and human health
due to potentially hazardous substances that are generally
associated with EEE. At the same time, your cooperation
in the correct disposal of this product will contribute to
the efficient use of natural resources. For more
information about where you can take your waste
equipment for recycling, please contact your local city
office, or your household waste collection service.

18. Do notinstall in a confined space, such as a book
case or similar unit.

19. Do not place naked flame sources, such as lighted
candles, on the apparatus.

20. Please keep the environmental aspects of battery
disposal in mind. Batteries must be disposed-of at a
battery collection point.

21. Use this apparatus in tropical and/or
moderate climates.

LEGAL DISCLAIMER

Music Tribe accepts no liability for any loss which

may be suffered by any person who relies either
wholly or in part upon any description, photograph,

or statement contained herein. Technical specifications,
appearances and other information are subject to
change without notice. All trademarks are the property
of their respective owners. Midas, Klark Teknik,

Lab Gruppen, Lake, Tannoy, Turbosound, TC Electronic,
TCHelicon, Behringer, Bugera and Coolaudio are
trademarks or registered trademarks of Music Tribe
Global Brands Ltd. © Music Tribe Global Brands Ltd.
2018 All rights reserved.

LIMITED WARRANTY

For the applicable warranty terms and conditions

and additional information regarding Music Tribe's
Limited Warranty, please see complete details online at
musictribe.com/warranty.

Zhongshan Eurotec Electronics Limited

No. 10 Wanmei Road, South China Modern Chinese
Medicine Park, Nanlang Town, 528451, Zhongshan City,
Guangdong Province, China
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Instrucciones de
seguridad

CAUTION

RISK OF ELECTRIC SHOCK!
DO NOT OPEN!

ATTENTION

RISQUE D’ELECTROCUTION !
NE PAS OUVRIR!

c Las terminales marcadas con este simbolo

transportan corriente eléctrica de
magnitud suficiente como para constituir
un riesgo de descarga eléctrica. Utilice solo cables de
altavoz profesionales y de alta calidad con conectores
TS de 6,3 mm o de bayoneta prefijados. Cualquier otra
instalacion o modificacién debe ser realizada tinicamente
por un técnico cualificado.

Este simbolo, siempre que aparece,
le advierte de la presencia de voltaje
peligroso sin aislar dentro de la caja;

este voltaje puede ser suficiente para constituir un riesgo
de descarga.

Este simbolo, siempre que aparece,
le advierte sobre instrucciones operativas
y de mantenimiento que aparecen en la

documentacion adjunta. Por favor, lea el manual.

Atencion
Para reducir el riesgo de descarga
eléctrica, no quite la tapa (o la parte

posterior). No hay piezas en el interior del equipo que
puedan ser reparadas por el usuario. Si es necesario,
pdngase en contacto con personal cualificado.

Atencion
Para reducir el riesgo de incendio o
descarga eléctrica, no exponga este

aparato a la lluvia, humedad o alguna otra fuente que
pueda salpicar o derramar alguin liquido sobre el aparato.
No cologue ninguin tipo de recipiente para liquidos sobre
el aparato.

Atencion
Las instrucciones de servicio deben
Ilevarlas a cabo exclusivamente personal

cualificado. Para evitar el riesgo de una descarga eléctrica,
no realice reparaciones que no se encuentren descritas

en el manual de operaciones. Las reparaciones deben ser
realizadas exclusivamente por personal cualificado.

. Lealasinstrucciones.
Conserve estas instrucciones.

Preste atencion a todas las advertencias.

Siga todas las instrucciones.
No use este aparato cerca del agua.

Limpie este aparato con un pafio seco.

NouwuhrwWwWN=

. No bloquee las aberturas de ventilacion. Instale el
equipo de acuerdo con las instrucciones del fabricante.

8. Noinstale este equipo cerca de fuentes de calor
tales como radiadores, acumuladores de calor, estufas u
otros aparatos (incluyendo amplificadores) que puedan
producir calor.

9. No elimine o deshabilite nunca la conexidn a tierra
del aparato o del cable de alimentacién de corriente.

Un enchufe polarizado tiene dos polos, uno de los cuales
tiene un contacto mds ancho que el otro. Una clavija con
puesta a tierra dispone de tres contactos: dos polos y la
puesta a tierra. El contacto ancho y el tercer contacto,
respectivamente, son los que garantizan una mayor
sequridad. Si el enchufe suministrado con el equipo no
concuerda con la toma de corriente, consulte con un
electricista para cambiar la toma de corriente obsoleta.

10. Coloque el cable de suministro de energia de manera
que no pueda ser pisado y que esté protegido de objetos
afilados. Aseguirese de que el cable de suministro de
energia esté protegido, especialmente en la zona de la
clavijay en el punto donde sale del aparato.

11. Use inicamente los dispositivos o accesorios
especificados por el fabricante.

12. Use Gnicamente la
carretilla, plataforma,
tripode, soporte 0 mesa
] especificados por el
fabricante o suministrados
junto con el equipo.

Al transportar el equipo,
tenga cuidado para evitar
dafos y caidas al tropezar con algin obstdculo.

AT
~———

13. Desenchufe el equipo durante tormentas o sinovaa
utilizarlo durante un periodo largo.

14. (onfie las reparaciones inicamente a servicios
técnicos cualificados. La unidad requiere mantenimiento
siempre que haya sufrido algun dafio, si el cable de
suministro de energia o el enchufe presentaran dafios,

se hubiera derramado un liquido o hubieran caido objetos
dentro del equipo, si el aparato hubiera estado expuesto
alahumedad ola lluvia, si ha dejado de funcionar de
manera normal o si ha sufrido algtn golpe o caida.

15. Al conectar la unidad a la toma de corriente eléctrica
asegurese de que la conexién disponga de una unién
atierra.

16. Siel enchufe o conector de red sirve como tinico
medio de desconexion, éste debe ser accesible facilmente.

17. (6mo debe deshacerse de

este aparato: Este simbolo indica

que este aparato no debe ser

tratado como basura orgdnica,

segtin lo indicado en la Directiva
_ WEEE (2012/1 9/EU) ya las

normativas aplicables en su pais.
En lugar de ello deberd llevarlo al punto limpio mds
cercano para el reciclaje de sus elementos eléctricos /
electrnicos (EEE). Al hacer esto estard ayudando a
prevenir las posibles consecuencias negativas para el
medio ambiente y la salud que podrian ser provocadas por
una gestion inadecuada de este tipo de aparatos. Ademas,
el reciclaje de materiales ayudard a conservar los recursos
naturales. Para mds informacién acerca del reciclaje de
este aparato, péngase en contacto con el Ayuntamiento
de su ciudad o con el punto limpio local.

18. Noinstale esta unidad en un espacio muy reducido,
tal como encastrada en una libreria o similar.

19. No cologue objetos con llama, como una vela
encendida, sobre este aparato.

20. Tenga presentes todas las advertencias relativas

al reciclaje y correcta eliminacién de las pilas. Las pilas
deben ser siempre eliminadas en un punto limpio y nunca
con el resto de la basura orgdnica.

21. Use este aparato en rangos de temperatura
moderados y/o tropicales.

NEGACION LEGAL

Music Tribe no admite ningun tipo de responsabilidad
por cualquier dafio o pérdida que pudiera sufrir
cualquier persona por confiar total o parcialmente en
la descripciones, fotografias o afirmaciones contenidas
en este documento. Las especificaciones técnicas,
imdagenes y otras informaciones contenidas en este
documento estdn sujetas a modificaciones sin previo
aviso. Todas las marcas comerciales que aparecen

aqui son propiedad de sus respectivos duefios. Midas,
Klark Teknik, Lab Gruppen, Lake, Tannoy, Turbosound,
TCElectronic, TC Helicon, Behringer, Bugera y Coolaudio
son marcas comerciales o marcas registradas de

Music Tribe Global Brands Ltd. © Music Tribe Global
Brands Ltd. 2018 Reservados todos los derechos.

GARANTIA LIMITADA

Si quiere conocer los detalles y condiciones aplicables
de la garantia asi como informacion adicional sobre la
Garantia limitada de Music Tribe, consulte online toda la
informacién en la web musictribe.com/warranty.

(EN
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@ Consignes de sécurité ]

CAUTION

RISK OF ELECTRIC SHOCK!
DO NOT OPEN!

ATTENTION

RISQUE D’ELECTROCUTION !
NE PAS OUVRIR!

c Les points repérés par ce symbole portent

une tension électrique suffisante pour

constituer un risque d*électrocution.
Utilisez uniquement des cables d'enceintes professionnels
de haute qualité avec fiches Jack mono 6,35 mm ou fiches
a verrouillages déja installées. Toute autre installation ou
modification doit étre effectuée uniquement par un
personnel qualifié.

(e symbole avertit de la présence d'une
tension dangereuse et non isolée a
Iintérieur de 'appareil - elle peut

provoquer des chocs électriques.

Attention
Ce symbol signale les consignes
d'utilisation et d'entre ! Tien importantes

dans la documentation fournie. Lisez les consignes de
sécurité du manuel dutilisation de |'appareil.

Attention
Pour éviter tout risque de choc électrique,
ne pas ouvrir le capot de 'appareil ni

démonter le panneau arriére. Lintérieur de I'appareil
ne posséde aucun élément réparable par |'utilisateur.
Laisser toute réparation a un professionnel qualifié.

Attention
Pour réduire les risques de feu et de choc
électrique, n'exposez pas cet appareil a la

pluie, a la moisissure, aux gouttes ou aux éclaboussures.
Ne posez pas de récipient contenant un liquide sur
I'appareil (un vase par exemple).

Attention
Ces consignes de sécurité et d'entretien
sont destinées a un personnel qualifié.

Pour éviter tout risque de choc électrique, n'effectuez

aucune réparation sur I'appareil qui ne soit décrite par le
manuel d'utilisation. Les éventuelles réparations doivent
étre effectuées uniquement par un technicien spécialisé.

1. Lisez ces consignes.

2. (onservez ces consignes.

3. Respectez tous les avertissements.

4. Respectez toutes les consignes d'utilisation.

5. N'utilisez jamais I'appareil a proximité d'un liquide.
6. Nettoyez I'appareil avec un chiffon sec.

7. Veillez a ne pas empécher la bonne ventilation de
I'appareil via ses ouies de ventilation. Respectez les
consignes du fabricant concernant linstallation

de I'appareil.

8. Ne placez pas 'appareil a proximité d'une source
de chaleur telle qu'un chauffage, une cuisiniére ou tout
appareil dégageant de la chaleur (y compris un ampli
de puissance).

9. Ne supprimez jamais la sécurité des prises bipolaires
ou des prises terre. Les prises bipolaires possedent deux
contacts de largeur différente. Le plus large est le contact
de sécurité. Les prises terre possédent deux contacts plus
une mise a la terre servant de sécurité. Sila prise du bloc
dalimentation ou du cordon d'ali-mentation fourni ne
correspond pas a celles de votre installation électrique,
faites appel a un électricien pour effectuer le changement
de prise.

10. Installez le cordon d'alimentation de telle facon

que personne ne puisse marcher dessus et quil soit
protégé d'arétes coupantes. Assurez-vous que le cordon
dalimentation est suffisamment protégé, notamment au
niveau de sa prise électrique et de I'endroit ol il est relié a
I'appareil; cela est également valable pour une éventuelle
rallonge électrique.

11. Utilisez exclusivement des accessoires et des
appareils supplémentaires recommandés par le fabricant.

12. Utilisez
exclusivement des
chariots, des diables,

o des présentoirs, des pieds
et des surfaces de

travail recommandés

par le fabricant ou

livrés avec le produit.
Déplacez précautionneusement tout chariot ou diable
chargé pour éviter déventuelles blessures en cas de chute.

VAT
~———

13. Débranchez 'appareil de la tension secteur en cas
d'orage ou si 'appareil reste inutilisé pendant une longue
période de temps.

14. Les travaux d'entretien de I'appareil doivent

étre effectués uniquement par du personnel qualifié.
Aucun entretien n'est nécessaire sauf si I'appareil est
endommagé de quelque facon que ce soit (dommages sur
le cordon d'alimentation ou la prise par exemple), si un
liquide ou un objet a pénétré a lintérieur du chassis,
siI'appareil a été exposé a la pluie ou a I'humidité, sl ne
fonctionne pas correctement ou a la suite d'une chute.
15. Lappareil doit étre connecté a une prise secteur
dotée d’une protection par mise a la terre.

16. La prise électrique ou la prise IEC de tout appareil
dénué de bouton marche/arrét doit rester accessible
€n permanence.

17. Mise au rebut appropriée de

ce produit: Ce symbole indique

qu'en accord avec la directive DEEE

(2012/19/EU) et les lois en vigueur

dans votre pays, ce produit ne doit
I pas étre jeté avec les déchets

ménagers. Ce produit doit étre
déposé dans un point de collecte agréé pour le recyclage
des déchets d‘équipements électriques et électroniques
(EEE). Une mauvaise manipulation de ce type de déchets
pourrait avoir un impact négatif sur l'environnement et la
santé a cause des substances potentiellement
dangereuses généralement associées a ces équipements.
En méme temps, votre coopération dans la mise au rebut
de ce produit contribuera a I'utilisation efficace des
ressources naturelles. Pour plus d'informations sur
I'endroit ol vous pouvez déposer vos déchets

d‘équipements pour le recyclage, veuillez contacter votre
mairie ou votre centre local de collecte des déchets.

18. Ninstallez pas I'appareil dans un espace confiné tel
qu’une bibliothéque ou meuble similaire.

19. Ne placez jamais dobjets enflammés, tels que des
bougies allumées, sur I'appareil.

20. Gardez a l'esprit l'impact environnemental lorsque
vous mettez des piles au rebus. Les piles usées doivent
étre déposées dans un point de collecte adapté.

21. Utilisez I'appareil dans un climat tropical
et/ou modéré.

DENI LEGAL

Music Tribe ne peut étre tenu pour responsable pour
toute perte pouvant étre subie par toute personne

se fiant en partie ou en totalité a toute description,
photographie ou affirmation contenue dans ce
document. Les caractéristiques, 'apparence et d'autres
informations peuvent faire l'objet de modifications
sans notification. Toutes les marques appartiennent

a leurs propriétaires respectifs. Midas, Klark Teknik,
Lab Gruppen, Lake, Tannoy, Turbosound, TC Electronic,
TC Helicon, Behringer, Bugera et Coolaudio sont

des marques ou marques déposées de Music Tribe
Global Brands Ltd. © Music Tribe Global Brands Ltd.
2018 Tous droits réservés.

GARANTIE LIMITEE

Pour connaitre les termes et conditions de garantie
applicables, ainsi que les informations supplémentaires
et détaillées sur la Garantie Limitée de Music Tribe,
consultez le site Internet musictribe.com/warranty.
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Wichtige
Sicherheitshinweise
A RISQUE D’ELECTROCUTION ! A
NE PAS OUVRIR!
Vorsicht
Die mit dem Symbol markierten

Anschliisse fiihren so viel Spannung,
dass die Gefahr eines Stromschlags besteht.
Verwenden Sie nur hochwertige, professionelle
Lautsprecherkabel mit vorinstallierten 6,35 mm
MONO-Klinkensteckern oder Lautsprecherstecker
mit Drehverriegelung. Alle anderen Installationen
oder Modifikationen sollten nur von qualifiziertem
Fachpersonal ausgefiihrt werden.

Achtung
Um eine Gefahrdung durch Stromschlag
auszuschlieBen, darf die Gerdteabdeckung

bzw. Gerdteriickwand nicht abgenommen werden.

Im Innern des Gerats befinden sich keine vom Benutzer
reparierbaren Teile. Reparaturarbeiten diirfen nur von
qualifiziertem Personal ausgefiihrt werden.

Achtung
Um eine Geféhrdung durch Feuer bzw.
Stromschlag auszuschlieRen, darf dieses

Gerdt weder Regen oder Feuchtigkeit ausgesetzt werden
noch sollten Spritzwasser oder tropfende Fliissigkeiten
in das Gerdt gelangen konnen. Stellen Sie keine mit
Fliissigkeit gefiillten Gegensténde, wie z. B. Vasen,

auf das Gerdt.

Achtung
Die Service-Hinweise sind nur durch
qualifiziertes Personal zu befolgen.

Um eine Gefahrdung durch Stromschlag zu vermeiden,
fiihren Sie bitte keinerlei Reparaturen an dem Gerat
durch, die nicht in der Bedienungsanleitung beschrieben
sind. Reparaturen sind nur von qualifiziertem
Fachpersonal durchzufiihren.

CAUTIO

RISK OF ELECTRIC SHOCK'
DO NOT OPEN!

ATTENTION

Lesen Sie diese Hinweise.
Bewahren Sie diese Hinweise auf.
Beachten Sie alle Warnhinweise.

Befolgen Sie alle Bedienungshinweise.
Betreiben Sie das Gerdt nicht in der Néhe von Wasser.
Reinigen Sie das Gerat mit einem trockenen Tuch.

NowswN

Blockieren Sie nicht die Beliiftungsschlitze. Beachten
Sie beim Einbau des Gerdtes die Herstellerhinweise.

8. Stellen Sie das Gerdt nicht in der Nahe von
Warmequellen auf. Solche Warmequellen sind z. B.
Heizkdrper, Herde oder andere Warme erzeugende Gerate
(auch Verstarker).

9. Entfernen Siein keinem Fall die
Sicherheitsvorrichtung von Zweipol- oder geerdeten
Steckern. Ein Zweipolstecker hat zwei unterschiedlich
breite Steckkontakte. Ein geerdeter Stecker hat zwei
Steckkontakte und einen dritten Erdungskontakt.
Der breitere Steckkontakt oder der zusatzliche

Erdungskontakt dient Ihrer Sicherheit. Falls das
mitgelieferte Steckerformat nicht zu lhrer Steckdose
passt, wenden Sie sich bitte an einen Elektriker, damit die
Steckdose entsprechend ausgetauscht wird.

10. Verlegen Sie das Netzkabel so, dass es vor

Tritten und scharfen Kanten geschiitzt ist und nicht
beschadigt werden kann. Achten Sie bitte inshesondere
im Bereich der Stecker, Verlangerungskabel und an

der Stelle, an der das Netzkabel das Gerdt verldsst,

auf ausreichenden Schutz.

11. Das Gerdt muss jederzeit mit intaktem Schutzleiter
an das Stromnetz angeschlossen sein.

12. Sollte der Hauptnetzstecker oder eine
Gerdtesteckdose die Funktionseinheit zum Abschalten
sein, muss diese immer zugdnglich sein.

13. Verwenden Sie nur Zusatzgerdte/Zubehrteile,
die laut Hersteller geeignet sind.

14. Verwenden

Sie nur Wagen,
Standvorrichtungen,

[ ) Stative, Halter oder Tische,
die vom Hersteller benannt
oder im Lieferumfang

des Gerdts enthalten

sind. Falls Sie einen
Wagen benutzen, seien Sie vorsichtig beim Bewegen

der Wagen-Gerdtkombination, um Verletzungen durch
Stolpern zu vermeiden.

Y AT

*

15. Ziehen Sie den Netzstecker bei Gewitter oder wenn
Sie das Gerdt langere Zeit nicht benutzen.

16. Lassen Sie alle Wartungsarbeiten nur von
qualifiziertem Service-Personal ausfiihren. Eine Wartung
ist notwendig, wenn das Gerdt in irgendeiner Weise
beschadigt wurde (z. B. Beschddigung des Netzkabels oder

Steckers), Gegenstande oder Fliissigkeit in das Gerdteinnere

gelangt sind, das Gerdt Regen oder Feuchtigkeit ausgesetzt
wurde, das Gerdt nicht ordnungsgemal funktioniert oder
auf den Boden gefallen ist.

17. Korrekte Entsorgung dieses
Produkts: Dieses Symbol weist
darauf hin, das Produkt
entsprechend der WEEE Direktive
(2012/19/EU) und der jeweiligen
nationalen Gesetze nicht

zusammen mit lhren

Haushaltsabfallen zu entsorgen. Dieses Produkt sollte bei

einer autorisierten Sammelstelle fiir Recycling elektrischer

und elektronischer Gerdte (EEE) abgegeben werden.
Wegen bedenklicher Substanzen, die generell mit
elektrischen und elektronischen Gerdten in Verbindung
stehen, kdnnte eine unsachgeméfe Behandlung dieser
Abfallart eine negative Auswirkung auf Umwelt und
Gesundheit haben. Gleichzeitig gewahrleistet Ihr Beitrag
zurrichtigen Entsorgung dieses Produkts die effektive
Nutzung natiirlicher Ressourcen. Fiir weitere
Informationen zur Entsorgung lhrer Gerate bei einer
Recycling-Stelle nehmen Sie bitte Kontakt zum
zustdndigen stadtischen Biiro, Entsorgungsamt oder zu
Ihrem Haushaltsabfallentsorger auf.

18. Installieren Sie das Gerét nicht in einer beengten
Umgebung, zum Beispiel Biicherregal oder dhnliches.
19. Stellen Sie keine Gegenstande mit offenen
Flammen, etwa brennende Kerzen, auf das Gerat.

20. Beachten Sie bei der Entsorgung von Batterien
den Umweltschutz-Aspekt. Batterien miissen bei einer
Batterie-Sammelstelle entsorgt werden.

21. Verwenden Sie das Gerat in tropischen und/oder
gemaBigten Klimazonen.

HAFTUNGSAUSSCHLUSS

Music Tribe iibernimmt keine Haftung fiir Verluste,
die Personen entstanden sind, die sich ganz oder
teilweise auf hier enthaltene Beschreibungen,

Fotos oder Aussagen verlassen haben. Technische Daten,
Erscheinungsbild und andere Informationen kdnnen
ohne vorherige Ankiindigung gedndert werden.
Alle Warenzeichen sind Eigentum der jeweiligen
Inhaber. Midas, Klark Teknik, Lab Gruppen, Lake,
Tannoy, Turbosound, TC Electronic, TC Helicon,
Behringer, Bugera und Coolaudio sind Warenzeichen
oder eingetragene Warenzeichen der Music Tribe
Global Brands Ltd. © Music Tribe Global Brands Ltd.
2018 Alle Rechte vorbehalten.

BESCHRANKTE GARANTIE

Die geltenden Garantiebedingungen und zusétzliche
Informationen beziiglich der von Music Tribe gewdhrten
beschrankten Garantie finden Sie online unter
musictribe.com/warranty.
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Instrugdes de Seguranca
Importantes

CAUTION

RISK OF ELECTRIC SHOCK!
DO NOT OPEN!

ATTENTION

RISQUE D’ELECTROCUTION !
NE PAS OUVRIR!

Aviso!
Terminais marcados com o simbolo

carregam corrente elétrica de magnitude
suficiente para constituir um risco de choque elétrico.
Use apenas cabos de alto-falantes de alta qualidade
com plugues TS de %" ou plugues com trava de torcdo
pré-instalados. Todas as outras instalacdes e modificacdes
devem ser efetuadas por pessoas qualificadas.

Este simbolo, onde quer que o encontre,
alerta-o para a leitura das instrucdes de
manuseamento que acompanham o

equipamento. Por favor leia 0 manual de instrugdes.

Atencao

De forma a diminuir o risco de choque

eléctrico, ndo remover a cobertura
(ou a seccdo de trds). Nao existem pegas substituiveis por
parte do utilizador no seu interior. Para esse efeito recorrer
a um técnico qualificado.

Atencao
Para reduzir o risco de incéndios ou
choques eléctricos o aparelho nao deve ser

exposto a chuva nem a humidade. Além disso, ndo deve
ser sujeito a salpicos, nem devem ser colocados em cima
do aparelho objectos contendo liquidos, tais como jarras.

Atencao
Estas instrucdes de operacdo devem ser
utilizadas, em exclusivo, por técnicos de

assisténcia qualificados. Para evitar choques eléctricos
nao proceda a reparacdes ou intervencdes, que ndo as
indicadas nas instrugdes de operacao, salvo se possuir as
qualifi-cacdes necessarias. Para evitar choques eléctricos
nao proceda a reparacdes ou intervencdes, que ndo as
indicadas nas instrucdes de operado. S6 o deverd fazer se
possuir as qualificacdes necessarias.

. Leiaestas instrugoes.
. Guarde estas instrucoes.

Preste atencdo a todos os avisos.

Siga todas as instrugdes.

. Nao utilize este dispositivo perto de dgua.
. Limpe apenas com um pano seco.

NowuspwWwN=

. Néo obstrua as entradas de ventilacdo. Instale de
acordo com as instrugdes do fabricante.

8. Néoinstale perto de quaisquer fontes de calor
tais como radiadores, bocas de ar quente, fogdes de
sala ou outros aparelhos (incluindo amplificadores)
que produzam calor.

9. Nao anule o objectivo de seguranca das fichas
polarizadas ou do tipo de ligacdo a terra. Uma ficha
polarizada dispde de duas palhetas sendo uma mais larga
do que a outra. Uma ficha do tipo ligacdo a terra dispde

de duas palhetas e um terceiro dente de ligacdo a terra.
A palheta larga ou o terceiro dente sao fornecidos para

sua sequranga. Se a ficha fornecida ndo encaixar na sua
tomada, consulte um electricista para a substituicdo da
tomada obsoleta.

10. Proteja 0 cabo de alimentagao de pisadelas ou
apertos, especialmente nas fichas, extensées, e no local
de saida da unidade. Certifique-se de que o cabo eléctrico
estd protegido. Verifique particularmente nas fichas, nos
receptaculos e no ponto em que o cabo sai do aparelho.

11. Oaparelho tem de estar sempre conectado a rede
eléctrica com o condutor de protec¢do intacto.

12. Se utilizar uma ficha de rede principal ou uma
tomada de aparelhos para desligar a unidade de
funcionamento, esta deve estar sempre acessivel.

13. Utilize apenas ligagdes/acessorios especificados
pelo fabricante.

14. Utilize apenas com

o carrinho, estrutura,
tripé, suporte, ou mesa

[ especificados pelo
fabricante ou vendidos
com o dispositivo.

Quando utilizarum
carrinho, tenha cuidado ao
mover o conjunto carrinho/dispositivo para evitar danos
provocados pela terpidacdo.

Y AT
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15. Desligue este dispositivo durante as trovoadas
ou quando ndo for utilizado durante longos periodos
de tempo.

16. Qualquer tipo de reparacdo deve ser sempre
efectuado por pessoal qualificado. £ necessaria uma
reparacdo sempre que a unidade tiver sido de alguma
forma danificada, como por exemplo: no caso do cabo
de alimentacdo ou ficha se encontrarem danificados;

na eventualidade de liquido ter sido derramado ou
objectos terem caido para dentro do dispositivo; no caso
da unidade ter estado exposta a chuva ou a humidade;
se esta ndo funcionar normalmente, ou se tiver caido.

17. Correcta eliminacdo deste
produto: este simbolo indica que
0 produto ndo deve ser eliminado
juntamente com os residuos
domésticos, sequndo a Directiva
I REEE (2012/19/EU) e a legislacdo
nacional. Este produto deverd
ser levado para um centro de recolha licenciado para a
reciclagem de residuos de equipamentos eléctricos e
electronicos (EEE). O tratamento incorrecto deste tipo
de residuos pode ter um eventual impacto negativo
no ambiente e na satide humana devido a substancias
potencialmente perigosas que estao geralmente
associadas aos EEE. Ao mesmo tempo, a sua colaboragao
para a eliminacdo correcta deste produto ira contribuir
para a utilizacdo eficiente dos recursos naturais. Para mais
informagdo acerca dos locais onde poderé deixar o seu
equipamento usado para reciclagem, é favor contactar
05 servicos municipais locais, a entidade de gestdo de
residuos ou os servicos de recolha de residuos domésticos.

18. Nao instale em lugares confinados, tais como
estantes ou unidades similares.

19. Nao coloque fontes de chama, tais como velas
acesas, sobre o aparelho.

20. Favor, obedecer os aspectos ambientais de descarte
de bateria. Baterias devem ser descartadas em um ponto
de coletas de baterias.

21. Use este aparelho em climas tropicais
e/ou moderados.

LEGAL RENUNCIANTE

0 Music Tribe ndo se responsabiliza por perda alguma
que possa ser sofrida por qualquer pessoa que dependa,
seja de maneira completa ou parcial, de qualquer
descri¢ao, fotografia, ou declara¢do aqui contidas.
Dados técnicos, aparéncias e outras informacdes estao
sujeitas a modificagdes sem aviso prévio. Todas as
marcas sdo propriedade de seus respectivos donos.
Midas, Klark Teknik, Lab Gruppen, Lake, Tannoy,
Turbosound, TC Electronic, TC Helicon, Behringer,
Bugera e Coolaudio sdo marcas ou marcas registradas
do Music Tribe Global Brands Ltd. © Music Tribe Global
Brands Ltd. 2018 Todos direitos reservados.

GARANTIA LIMITADA

Para obter os termos de garantia aplicdveis e condicdes e
informagdes adicionais a respeito da garantia limitada do
Music Tribe, favor verificar detalhes na integra através do
website musictribe.com/warranty.
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Precautions

Before installing, setting up or operating this equipment make sure you have read and fully understand all of this section and the

“IMPORTANT SAFETY INSTRUCTIONS” at the front of this document.

This equipment is supplied by a mains voltage that can cause electric shock injury!

The following must be observed in order to maintain safety and electromagnetic compatibility (EMC) performance.

Safety warnings
Signal 0 Vis connected internally to the chassis.

To completely isolate this equipment from the AC mains, while observing full
safety precautions (see “Power”), switch off the isolator switch (above the mains
power sockets on rear of control centre) and then switch off the mains at

the three mains outlets. Unplug the three mains leads from the rear of the
control centre.

To avoid electrical shock do not remove covers.

General precautions

In the event of ground loop problems, disconnect the signal screen at one end of
the connecting cables. Note that this can only be done when the equipment is
used within a balanced system.

Do not remove, hide or deface any warnings or cautions.

Power

The power supplies contain LETHAL VOLTAGES greatly in excess of the mains
voltage and its rails can produce extremely large currents that could burn out
equipment and wiring if shorted.

The internal power supplies are of the switch mode type that automatically sense
the incoming mains voltage and will work where the nominal voltage is in the
range 100 VAC to 240 VAC.

Each mains inlet is to be sourced from its own separate wall-mounted mains
outlet socket. Otherwise, their mains sources must be suitably distributed so as
to meet local safety regulations.

AVolex locking type plug is fitted on each supplied mains cable, which plugs
into a mains IEC connector on the equipment. When fitted properly the Volex
plug locks into place, preventing it from working loose, or being inadvertently
knocked loose or pulled out. To fit a Volex plug, insert it into the mains

IEC connector and push it in until it locks in place. Then, check to make sure it

is locked in place. To remove it, release its locking device and then pull it out.
When fitting or removing a Volex plug, always hold the plug itself and never use
the cable, as this may damage it.

During operation of the control centre, a minimum of two of its three mains
inlets must be connected and supplying power.

When removing the equipment’s electric plugs from the outlets, always hold the
plug itself and not the cable. Pulling out the plug by the cable can damage it.

Never insert or remove an electric plug with wet hands.

Do not connect/disconnect a mains power connector to/from the control centre
while power is being applied to it. Switch the power off first.

Before switching the control centre on or off, make sure that all monitor
loudspeaker power amplifiers are turned off or muted.

Handling the equipment

Completely isolate the equipment electrically and disconnect all cables from the
equipment before moving it.

When lifting or moving the equipment, always take its size and weight into
consideration. Use suitable lifting equipment or transporting gear, or sufficient
additional personnel.

Do not insert your fingers or hands in any gaps or openings on the equipment,
for example, vents.

Do not press or rub on the sensitive surface of the GUI screens.

If the glass of the GUI screen is broken, liquid crystals shouldn’t leak through the
break due to the surface tension of the thin layer and the type of construction of

the LCD panel. However, in the unlikely event that you do make contact with this
substance, wash it out with soap.

Installation
Before installing the equipment:

o Make sure the equipment is correctly connected to the protective earth
conductor of the mains voltage supply of the system installation through the
mains leads.

o Power to the equipment must be via a fused spur(s).
o Power plugs must be inserted in socket outlets provided with protective

earth contacts. The electrical supply at the socket outlets must provide
appropriate over-current protection.

Both the mains supply and the quality of earthing must be adequate for the
equipment.

o Before connecting up the equipment, check that the mains power supply
voltage rating corresponds with the local mains power supply. The rating of
the mains power supply voltage is printed on the equipment.

Location

Ideally a cool area is preferred, away from power distribution equipment or other
potential sources of interference.

Do not install the equipment in places of poor ventilation.

Do not install this equipment in a location subjected to excessive heat, dust or
mechanical vibration. Allow for adequate ventilation around the equipment,
making sure that its fans and vents are not obstructed. Whenever possible, keep
the equipment out of direct sunlight.

Do not place the equipment in an unstable condition where it might accidentally
fall over.

Make sure that the mains voltage and fuse rating information of the equipment
will be visible after installation.
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Audio connections

To ensure the correct and reliable operation of your equipment, only high quality,
balanced, screened, twisted pair audio cable should be used.

XLR connector shells should be of metal construction so that they provide a
screen when connected to the control centre and, where appropriate, they should
have Pin 1 connected to the cable screen.

Electrostatic discharge (ESD) precautions

Observe full electrostatic discharge (ESD) — also known as

“anti-static” — precautions when carrying out procedures in

this manual that are accompanied by the ESD Susceptibility
Symbol (shown above). This caution symbol shows you that ESD damage may
be caused to items unless proper ESD precautions are taken, which include the
following practices:

o Keep the work area free from plastic, vinyl or styrofoam.
o Wear an anti-static wrist strap.

« Discharge personal static before handling devices.
Ground the work surface.

 Avoid touching ESD-sensitive devices.

Radio frequency interference—Class A device

This equipment has been tested and found to comply with the limits for a Class A
digital device, pursuant to Part 15 of the FCC Rules. These limits are designed

to provide reasonable protection against harmful interference when the
equipment is operated in a commercial environment. This equipment generates,
uses, and can radiate radio frequency energy and, if not installed and used in
accordance with the instruction manual, may cause harmful interference to radio
communications. Operation of this equipment in a residential area is likely to
cause harmful interference in which case the user will be required to correct the
interference at his own expense.

Electric fields

Caution: In accordance with Part 15 of the FCC Rules & Regulations,
“... changes or modifications not expressly approved by the party
responsible for compliance could void the user's authority to operate
the equipment.”

Should this product be used in an electromagnetic field that is amplitude
modulated by an audio frequency signal (20Hz to 20kHz), the signal to noise
ratio may be degraded. Degradation of up to 60dB at a frequency corresponding
to the modulation signal may be experienced under extreme conditions

(3V/m, 90% modulation).

Safety equipment

Never remove, for example, covers, housings or any other safety guards. Do not
operate the equipment or any of its parts if safety guards are ineffective or their
effectiveness has been reduced.

Optional equipment
Unless advised otherwise, optional equipment must only be installed by

service personnel and in accordance with the appropriate assembly and
usage regulations.

Special accessories

To comply with part 15 of the FCC Rules, any special accessories

(that is, items that cannot be readily obtained from multiple retail outlets)
supplied with this equipment must be used with this equipment; do not
use any alternatives as they may not fulfil the RF requirement.

(EN
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Overview

Chapter 1: Introduction

Welcome to the PRO X Live Audio System. Change to “The PRO X provides a user-
friendly, state-of-the-art, high performance digital system specifically designed
for live use.” High performance digital systems specifically designed for live use.

The control centre, which forms an integral part of its live audio system,

was conceived by MIDAS to offer audio professionals high-performance audio
equipment, designed to provide no-compromise sonic quality with a feature set
that offers all essential facilities and functions. It represents the very best of British
design and engineering combined with contemporary, efficient manufacturing
methods, and will give you many years of reliable service.

S0, to obtain the best results with a minimum of effort, please read this
User Manual and, finally, enjoy your MIDAS PRO X Live Audio System!

About this manual

This is the User Manual for the PRO X Live Audio System. Its purpose is to
familiarise the user with the PRO X Live Audio Systems and show how to operate
the PRO X Control Centre.

This document is aimed at professionals, such as front of house (FOH)

and monitor (MON) engineers, who will be using this equipment in a live
performance environment. It is assumed that the reader has prior experience of
using professional audio equipment and has, most likely, undergone training on
this system.

Note: The content of this manual does not supersede any information supplied with
any other item of this PRO X Live Audio System.

Structure

To help you find your way around the manual, it has been divided into the
following main areas:

Overview: This gives an overview of the PRO X Live Audio System
and associated PRO X Control Centre, and contains information about
this manual.

Getting Started: This shows you how to set up and power up a PRO X
Live Audio System.

Basic Operation Of The PRO X Control Centre: This shows you how
to use the controls of a PRO X Control Centre, how to navigate its control
surface and GUI, how to route (patch) its channels and buses, and how to
carry out basic operations in order to get some audio out of it.

Advanced Operations And Features: This describes the advanced
features of the control centre and gives detailed operating instructions.

Description: This gives a detailed description of the PRO X Control Centre
hardware, and the controls and their functions on both the control surface
and GUI. It provides useful reference material.

Appendices: This provides reference material and technical information
about the PRO X, such as application notes, signal path diagrams,
technical specifications, service information etc.

Conventions

Hand symbols, such as, g (pushbutton, trackball etc.) and 8

(control knob), are used to show the operation of the physical controls on the
control surface. GUI operation is indicated by a pointer &, which represents
a ‘click’ operation.

The graphics shown right are used to differentiate between
diagrams of the control surface (immediate right) and GUI
(far right). Placement is generally towards the upper-right
corner of the diagram.

Outline drawings are strategically placed throughout
the manual to reference information to the appropriate
area(s) on the control surface/GUI of the PRO X Control
Centre. The small version (shown right) indicates bay

1

and GUI location, while the larger one (below) can
pinpoint control sections (for example, the EQ areas of the 12-channel input
bay shown right). Target areas are shaded in red.

ﬁﬁi%i

.| B

Unless otherwise stated, illumination of a control (pushbutton, switch,
control knob etc.) on the control surface/GUI of a PRO X Control Centre

indicates an

u n "

, “active” or “enabled” state. Conversely, an extinguished

condition |nd|cates the control is “off”, “inactive” or “disabled”.

The following types of pushbutton are used on the control surface:

“switch” - a latching pushbutton, that is, one that changes its
on/off status.

“button” - a non-latching pushbutton.

“key” - a keyboard-type pushbutton. Usually used for entering data,
such as a number or character.

Generally, control names are the same whether they are on the control
surface or the GUI. However, in cases where they differ, both names will be
given, separated by a forward slash “/”. The control name shown on the GUI
will always be last and enclosed in square brackets “[]".

Hints and tips are used to convey useful information to the user. These have
fa drawing pin graphic (shown right) next to them.
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Terminology

To support both FOH and MON use, the terminology has been chosen very
carefully to apply equally to both (see “Glossary” in Appendix Q). For a definition
of the primary buses on the PRO X Control Centres, see “Definition of the primary
buses” in Appendix J.

GUI diagrams

This manual contains numerous diagrams that represent the GUI screen
displays. Due to the many permutations of control settings, operating status,
channel configurations etc., it is inevitable that these diagrams will look slightly
different to those on your control centre.

Anti-aliasing
To make the GUI of the PRO X as crisp, eye-catching and as intelligible as

possible it incorporates an anti-aliasing algorithm to ensure the utmost
smoothness of straight lines and curves.

Training
The PRO X Control Centre Quick Reference Guide, which has been extracted

entirely from this manual, provides a useful structured training guide. For more
details, see Appendix | “Documentation”.

PRO Series user documentation

For a full list of documentation supplied with the PRO X Live Audio System, see
Appendix | “Documentation”.

PRO Series host software version

This manual is for a PRO Series Control Centre running firmware
version G3.4 and later.

Warranty and registration

MIDAS has total confidence in the quality and reliability of this product. To back
this up, this product comes with the standard MIDAS 10-year warranty.

Service and support

The PRO X Live Audio System is a very hi-tech piece of equipment. We provide
superb levels of support and service to give users confidence in MIDAS
digital products.
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Chapter 2: PRO Series
Live Audio Systems

This chapter gives an overview of the PRO X Live Audio System .

Introducing The PRO X

With their exemplary audio performance and road-proven rugged and reliable
construction, the MIDAS PRO Series has become the gold standard in concert
touring and installed live sound. Employing technologies developed from the
class-leading and visionary flagship MIDAS XL8 console, and offering the same
outstanding sample-synchronised and phase-coherent audio performance,
interpolated control functions and intuitive navigation, the PR03, PR0O6 and
PRO9 Live Audio Systems have become the industry’s go-to choice for live sound
reinforcement consoles.

Now the PRO Series family moves up a gear with the PRO X Live

Audio System and the industry-changing NEUTRON Audio System Engine.
Featuring 168 simultaneous input channels and 99 time-aligned and phase-
coherent buses with no trade-offs in channel or bus counts.True and consistent
96 kHz sampling frequency and 40 bit floating point processing provide
exemplary quality audio processing, and the oversampled and interpolated
digital signal processing algorithms, combined with the fully interpolated and
touch sensitive user controls, result in the smooth continuous response and
immediacy of working on an analogue console. Parameter adjustment becomes
fast and easy, the continuous phase shift of a swept frequency control is heard
without the quantisation effects of the discrete steps found in other digital
consoles.

The PRO X features the rugged and road-proven KLARK TEKNIK HyperMAC and
SuperMAC (AES50-compliant) networking technologies with their ultra-low and
deterministic latencies and robust error correction.

Its powerful audio networking offers up to 288 inputs and 294 outputs

at the 96 kHz sample frequency. For enhanced reliability, both the PRO

X Live Audio System and the NEUTRON Audio System Engine feature a
HyperMAC router with 192 bidirectional channels over dual-redundant copper
or optical fibre snake connections.

The PRO X Live Audio System features dual 15" full colour daylight-viewable
TFT displays for use in all environments, both inside and outdoors.

The 10 VCA (variable control association) and eight POPulation groups, combined
with the advanced navigation offered by the output-centric centre section,
allows the simultaneous display of 24 mono or stereo mix buses.

All of this provides an unparalleled mix experience.

Overview

A PRO X Live Audio System is a very powerful and flexible audio processing
system that provides a complete solution for any audio mixing and signal
distribution application in a live sound environment. Common features of the
PRO X Live Audio System include:

«  Dual ‘daylight visible’ screens with three-way KVM switch.

o XL8-style ‘fast zones’.

o XL8-style dual operator ‘channel strips’.

o Upto10VCAs.

o Uptoeight POPulation groups.

o (onfigurable ‘area B'.

Surround panning, including 5.1, quad and left-centre-right-surround (LCRS).
«  Dual redundant Linux control computers.

o Three AES50 ports on the rear of control centre for I/0 expansion.

o Eight AES50 ports for stage end of snake for I/0 expansion (up to 18 ports
with Neutron NB card).

o Upto 24 configurable inputs and 24 configurable outputs on control centre
(depending on type of 1/0 cards fitted).

¢ N+1redundant, hot-swappable triple power supplies.
o 10-yearfactory warranty.

Despite its compact size, the PRO X Live Audio System offers a high channel count
and exemplary audio performance. The PRO X can have up to 144 simultaneous
input processing channels, along with 24 auxiliary returns and up to 96 discrete
mixes (72 auxes, 24 matrices and three masters) in monitor mode, thus giving

a total of 99 buses (including the six solos); all of which have EQ and a choice of
dynamics options. In addition, the PRO X Live Audio System has a maximum of 24
internal efx/processing slots, PEQs (four-band on inputs and six-band on outputs),
eight standard (up to 36 maximum) 31-band GEQs, eight configurable stereo
effects’, 5.1 surround panning and comprehensive, easy-to-use routing. PRO X
automation provides up to 1,000 scenes with snapshot save/recall capability and
global edit, and show file archiving.

The PRO X Control Centre forms the core of each PRO X Live Audio System.
Operation of the control surface is intuitive, unique and easy. Its layout is

based on familiar analogue lines to retain that ‘analogue’ feel. To manage the
numerous channels, the control centre utilises VCA/POP groups and colours, and
additionally there are various navigational controls that aid quick channel/bus
access and selection. A daylight-viewable GUI at the top of the control surface
assists operation and provides extra functionality.

Ina standard PRO X Live Audio System, digital system processing (DSP) and system
1/0 are provided by 19" rack units. Each system has an Audio System Engine (7U),
which is the digital system processing (DSP) engine. The PRO X Control Centre

and rack units are interconnected by a networked data system, which carries

both proprietary control data and open architecture AES50 digital audio, and uses
readily available standard cabling and connectors. The PRO X uses a proven stable
Linux operating system. All of the control centre’s internal and network routing
(“patching”) is managed via the graphical user interface (GUI).

You can assign up to 36 1/3 octave KT DN370 graphic EQs, which can be controlled
via an optional KT DN9331 Rapide. There are five types of compression on the
inputs and four on the outputs.

The PRO X have easy-to-use routing/patching, redundant power supplies and
amodular FPGA processing engine with n+1 redundant module. The audio
transport system is international AES50 standard. Component hardware
connections support redundant cables for copper with the option of fibre-optic.
The control centre has dual redundant Linux master controllers (MCs), either of
which can run the entire system on their own, and they are switchable without
loss of audio.

The PRO X Live Audio System is tolerant of many types of hardware or software
failure. To achieve this the system employs dual redundancy, where a key
component has an identical redundant spare that is ready to take over should it
fail. Other failure scenarios are managed by the N+1 principle, where redundant
components form an acceptable fraction of the system.

1 Each can be configured to generate four additional GEQs, making a total of 36 available on the
control centre (plus one stereo effect).
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Key features
Please remember, the PRO X is not just a console, it's a LIVE AUDIO SYSTEM!

High channel count — up to 168 mixed primary inputs (sourced from up
500+ input locations) and up to 99 output channels.

Control centre — Small and very compact with an exciting but familiar
and ergonomic control surface, enhanced by a two-screen GUI.

Performance — Reduced price, scale and features, but still with
XL8 audio performance.

Operation — Easy to use with responsive interpolated controls and fast,
intuitive human interfaces that combine to produce that familiar analogue feel.

o Userinterface (speed and feel) — VCA groups (console comes
to you!); POP groups (console comes to you!); muscle memory
(E-zone and D-zone on channel strips, which have paged controls that
do not change function); input and output fast zones; electronic colour
coding; and dedicated motorised master output faders.

o Userinterface (status visibility) — Dual daylight-visible screens
and integral surface illumination; metering (23 discrete 20-segment
LED meters), discrete metering for dynamics, and all meters all of
the time; “ST” assign switch; and eight channels of key data plus a single
channel strip on both GUI screens.

 Traditional MIDAS and KLARK TEKNIK audio quality:

o Headroom — High headroom, which is well behaved, even when
pushed a little too hard.

o Micamps — High quality, overload tolerant microphone amplifier
per input.

o Dynamics — High quality dynamic processing with traditional
analogue artefacts. MIDAS dynamics has four styles on the inputs and
five on the outputs.

o EQ— Fully interpolated phase shifting EQ for that “MIDAS” sound.

o PEQ— High quality EQ with the “MIDAS” sound. Each output has a
six-band parametric EQ, while the inputs have four bands each. MIDAS
sound quality and ‘feel’ on the EQ’s four filters.

e GEQ— Up to 36 KLARK TEKNIK-quality GEQs with unique on-board
fast access controller and control from RapidE.

o  Effects — High quality effects processing with traditional artefacts.
Up to eight stereo effects units.

Patching — Unique simple-to-use routing system that lets you carry

out all your routing needs and also configure any attached devices via
the GUI.

Navigation — VCA-based and other advanced intuitive paging/
navigation methods.

Automation:

o Snapshots — Flexible snapshot style save and recall of control
settings global edit capability.

o Showfiles — USB connectors for show archiving.

Metering — Comprehensive metering. The GUI can show all of the meters
all of the time.

Dual operation — Capable of supporting two-man operation, which is
ideal for festival situations.

Storable preferences — Storable user operational preferences to suit
specific applications, for example, FOH/MON.

Broadcasting — 5.1 surround panning for broadcast markets.

Latency — Low and managed latency through the system. Minimal
latency and fully time aligned.

Cabling — Cat 5e or fibre optic snakes. Standard system has reduced
cabling as compared to any other available solution.

System design and network:

Integrated open-architecture AES50 digital audio distribution.

Up to 100 metres (Cat 5e) or up to 500 metres (optical fibre) of dual
redundant connectivity between hardware elements.

Automatic integral delay management system — audio outputs time
and phase coherent.

Flexible, expandible hardware system includes analogue and digital 1/0
options for flexible system integration.

Ethernet TCP-IP and USB tunnelling for third parties.

KVM (keyboard, video and mouse) switching on control centre.
Fast flexible audio and control system architecture.

Modular digital and analogue /0 options.

Advanced automation and system operating preferences.

PRO X is flexible and the system can be customised with the needs of
the install.

Outputs for additional screens.

Reliability — High reliability with some redundancy and other
back-up contingencies.

« Failure-tolerant of any single failure of hardware or software.
o Proven, stable Linux operating system.

o Dual redundant control surface master controllers and N-+1
redundant PSUs.

o Duplicated (N+1) network for redundancy.
o Control centre has triple redundant power supplies.
o DL251 Audio System I/0 (stage box) has dual redundant power supplies.

o DL351 Modular 1/0 (stage box) has dual redundant power supplies
and N-+1 redundant AES50 connections at the digital interface.

o Neutron Audio System Engine (stage box) has N-+1 modules with
three (N-+1) power supply units (PSUs).

o DL15x series has N+1 redundant AES50 connections

o DL231 Mic Splitter has N+1 AES50 connections and dual-redundant
power supplies.

Support — 24/7 global telephone support.



20 PRO X User Manual

E N > The following table shows the differences between the PRO Series systems.

Table 1: PRO Series comparison

Item | PRO3 | PROG6 | PRO9 | PROX

Configuration:

Maximum capacity, giving point-to-point
routing anywhere within the network

Inputs = 288
Outputs =294

Inputs = 288
Qutputs =294

Inputs = 288
Qutputs =294

Inputs =500+
Qutputs =500+

Primary inputs

48

56

80

144

Return inputs 8 8 8 24
Maximum simultaneous mix channels 72 80 104 240
Number of groups/auxes 16 16 6 72
... and matrices 8 16 16 24
... provide these mixes in ‘monitor’ mode 24 32 32 96
Mix buses 27 35 35 99
VCAs 10 10 10 10
POPulation groups 6 6 6 8
Effects devices 6 8 8 24
Maximum KLARK TEKNIK DN370 Graphic Equalisers - 28 36 36 36
with optional DN9331 control
Configurable ‘area B’ Yes Yes Yes Yes
Standard surface I/0 (three configurable card slots) Yes Yes Yes Yes
Digital snake 100m Dual redundant Dual redundant Dual redundant
bi-directional 192 HyperMac (192 x HyperMac (192 x HyperMac (192 x
+ 192 channel Cat |  192) Cat 5e digital 192) Cat 5e digital 192) Cat 5e digital
5e digital snake snake included. snake included. snake included.
(with redundant
option) Fibre-optic Fibre-optic Fibre-optic
connections connections. connections.
for optional
maximum 500 m
snake.
Upgradeability Shipping ToPROX ToPROX To PROX N/A

Control centre

Control centre

Control centre

Control centre

Ethersound, CobraNet)

*Packing may vary by territory.

supplied in supplied in flight supplied in flight supplied in flight
flight case. case. case. case.
16U flight case 16U flight case 16U flight case
supplied for DL371|  supplied for supplied for
DSP and DL351 DL371DSP and Neutron DSP
/0¥ DL3511/0.* engine and
DL3511/0.*
Additional 1/0 box options:
DL251 Audio System I/0 Yes Yes Yes Yes
DL351 Modular 1/0 Yes Yes Yes Yes
DL431 Mic Splitter Yes Yes Yes Yes
DL451 Modular 1/0 Yes Yes Yes Yes
I/0 card options:
DL441 analogue input (mic) module Yes Yes Yes Yes
DL442 analogue output module Yes Yes Yes Yes
DL443 analogue Jack 1/0 module Yes Yes Yes Yes
DL444 8 analogue micin and 8 analogue line out module Yes Yes Yes Yes
DL452 AES/EBU input and output module Yes Yes Yes Yes
Option of 150 m fibre optic cable No Yes Yes Yes
Accessories:
KLARK TEKNIK DN9331 Rapide Graphic Controller Yes Yes Yes Yes
KLARK TEKNIK DN9696 Recorder Yes Yes Yes Yes
KLARK TEKNIK DN9650 Network Bridge (MADI, Dante, Aviom, Yes Yes Yes Yes
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Applications

The PRO X is the ‘work horse” mid- to high-end MIDAS Digital Console System,
akin to the ‘industry standard’ Heritage 3000. Although the PRO X is designed for
the traditional touring live sound environment, it is also ideal for medium-sized
theatre, small house of worship installations and broadcast. So, being a truly
multi-functional console in the MIDAS tradition, the PRO X is suitable for many

applications, such as:

Live sound touring MON or FOH duties.

 Live sound small theatre MON or FOH duties.

o Live sound house of worship MON or FOH duties.

«  Live sound broadcast mixer with basic 5.1 surround capabilities

and monitoring.

System components

The PRO X is a modular system, which allows for some variations in physical
placement and system size.

The standard PRO Series touring system package is shipped in a single, easily
portable flight case, with an equally portable, flight-cased control surface and
minimal cabling. The following table lists all of the available equipment options
for the PRO X Live Audio System package.

Table 2: Range of PRO Series equipment supply

Item

DL153

16 award-winning
MIDAS analogue

mic preamps

with switchable

+48 V phantom power
8 active-balanced

low impedance
line-level outputs

Example < EN

DL154

16 active-balanced
low impedance
line-level outputs

8 award-winning
MIDAS analogue

mic preamps

with switchable

+48V phantom power

Item

Example

PRO X Control Centre

DL251 Audio System
1/0 This is supplied as
afixed configuration
unit with 48 mic/line
inputs and 16 outputs.

DL155

8 award-winning
MIDAS analogue

mic preamps

with switchable

+48 V/ phantom power
8 active-balanced low-
impedance line level
outputs

8 AES3 (AES/EBU)
digital inputs and

8 AES3 outputs on
XLRF/XLRM

DL351 Modular 1/0
This has eight slots
inan 8 x 8-channel
format, which
provide up to 64 x 64
configurable 1/0s.

DL151

24 award-winning
MIDAS analogue

mic preamps

with switchable
+48V phantom power

DL152

24 active-balanced
low impedance
line-level outputs

DL231 - 2 award-
winning MIDAS
microphone preamplifi
ers per input with
switchable +48 V
phantom power

2 dual redundant
AES50 network ports
with independent
phase-locked loop
synchronisation

24 electronically
balanced output
channels can be
sourced from
microphone preamplifi
ers or AES50 ports

Neutron DSP Engine
NEUTRON is fitted with
4 DSP cards as standard
for N+1 redundant
operation, as only 3
DSP cards are required
for full operation.
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Item

Example

DL431 Mic Splitter
This is a fixed
configuration 1/0 unit
that has 24 mic/line
inputs in a 5-way split.

DL451 Modular I/0
This gives up to 24
configurable 1/0s in
a3 x 8 XLR modular
format.

DL441 analogue
input (mic) module
This is an analogue
mic/line input

“I" card.

DL442 analogue
output module This
is an analogue output
“0” card.

DL443 analogue
Jack1/0 module This
is an 8-analogue line
inand 8-analogue line
out “TRS” card.

DL444 8 analogue
micinand 8
analogue line out
module Thisisan
8-analogue micin and
8-analogue line out
“D Sub” card.

DL452 AES/EBU
input and output
module This is an AES/
EBU input and output
"D" card.

Interconnecting
cable Interconnecting

(N+1) rack Cat 5e N/A
copper cable

Interconnecting

cable Interconnecting

(dual redundant) N/A

gigabit HyperMac Cat
Se copper cable, 100
mlong

Mains cable

N/A

FOH and MON
The PRO X can be used as a front of house (FOH) or stage monitor (MON) system.

System buses
The PRO X has comprehensive system buses to suit demanding applications,
comprising:

o 6-0ff solo buses, routable from all locations and allowing for dual operator
and 5.1 use.

o 3-off master buses, routable from the mic/line inputs (up to 144),
24 aux inputs and 72 aux buses.

o 24 matrix buses, routable from the mic/line inputs (up to 144), 24 aux inputs,
72 aux buses and three master buses.

o 72-off aux buses, routable from the mic/line inputs (up to 144) and
24 aux inputs.

All of the bus routings provide simultaneous and time aligned mixing of all the
sources, which will be defeatable for minimum latency requirements.

For monitor mixing, the master, matrix and aux buses can all be routed directly
from the input channels, with independent level controls providing up to
99 monitor mix buses.

For traditional FOH sub group mixing, any (or all) of the aux buses can change to
operate post-channel fader and pan (that is, aux gain fixed at unity).

Auxiliary inputs have two modes of operation: effects return and input channel.
Ininput channel mode (default) they will have aux, master and matrix routing,
insert points and EQ (like regular inputs channels), but no dynamic capability.
They are controlled like regular inputs from the input bay and channel strip, and
are time aligned to the stage like regular input channels. In effects return mode
the channels have routing to matrix and masters only and no insert or dynamic
capability. They are controlled from the aux return area and time aligned to the
effects engines.
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Mix matrix

Ultimately, the mix matrix defines the capability of each PRO X Control Centre.
Probably the best way to imagine the mix matrix is to think of an analogue
console layout, where inputs run vertically and buses run horizontally. A

mix matrix is usually defined as the number of buses and the quantity of
simultaneously-mixable inputs there are per bus. The following diagrams
illustrate the capability within each PRO Series Control Centre.
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ax§ e }
—> 3B >
|
2
i H
E 3
w — | 1 .
5 "] 24 matrix ¥ {zulnx 240ut 8
buses mix matrix ]
— >
—
—
PRO X mix matrix
Processing

Although the control centre system allows for considerable insertion of external
processing, it also embodies more than enough internal high quality processing
to eliminate the need for this, in the interests of simplicity and reduced overall
system size, weight and cost.

Processing components

The processing available is:

o Upto 144 x 12 or 24dB/oct. high pass filters.
o Upto 144 x 6 or 12dB/oct. low pass filters.

»  Compressor/limiters on every input and output channel with side chain
filtering and multiple operating “signatures”.

o Upto 144 gates with side chain filtering.
o Upto 144 x 4-band parametric EQs with multiple shelf “modes”.
e Upto99x6-band parametric EQs with hi/lo pass modes.

o Upto 36 additional 31-band graphic EQs that utilise effects processor digital
signal processing (DSP), reducing the available effects quantity stated below.

o Upto 24 effects processors selectable from reverb, delay, flanger, phaser,
dynamics, compressor and pitch shifter.

Input channel processing

Each of the 144 (maximum) full-function input channels has:
o Analogue and digital gain.

o Phase reverse switch.

o Inputdelay.

o Swept high pass filter with choice of two filter slopes.

o Swept low pass filter with choice of two filter slopes.
Frequency-conscious compressor with choice of four compression styles.
Frequency-conscious noise gate with external side chain.
o Insertpoint.

o Treble EQ filter with choice of four filter types.

o Parametric hi-mid EQ filter.

Parametric lo-mid EQ filter.

Bass EQ filter with choice of four filter types.

Routing via level controls to 96 mix buses.

Routing via pan control to left and right master buses.
Routing to mono master bus.

Panpot (SIS™).

Direct output.

Each of the 24 auxiliary inputs has:

Input gain.

Source from internal FX or external input.

EQ.

Fader.

Panpot (SIS™).

Routing via level controls to the matrix buses (8, 16 or 24).
Routing via pan control to the left, right and mono master buses.

Mix channel processing
Each of the auxiliary mix buses has:

Subgroup, auxiliary or mix minus modes.

Dual mono or stereo pair modes.

Six-band PEQ.

Optional 31-band GEQ (replaces PEQ).

Frequency-conscious compressor with choice of five compression styles.
Insert point.

Routing via level controls to the matrix buses.

Routing via pan control to the left, right and mono master buses.
Directinput.

Each of the matrix buses has:

Six-band PEQ.
Optional 31-band GEQ (replaces PEQ).

Five-mode frequency-conscious compressor with soft clip limiter and
external side chain.

Insert point.
Directinput.

Output channel processing
Each of the matrix buses has:

Six-band PEQ.
Optional 31-band GEQ (replaces PEQ).

Five-mode frequency-conscious compressor with soft clip limiter and
external side chain.

Insert point.
Directinput.

Each of the three master output buses has:

Six-band PEQ.
Optional 31-band GEQ (replaces PEQ).

Five-mode frequency-conscious compressor with soft clip limiter and
external side chain.

Insert point.
Directinput.
Routing via level controls to the matrix buses.
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Effects processing and GEQs

The PRO X contains up to 36 mono KLARK TEKNIK (KT) GEQs and 24 effects
processors as standard.

The mono KT GEQs can be patched into any output. There are many patching
options for the effects processors:

o Assign to any insert send/return.

o Assign to any pool, in or out.

o Assign FX out to aux return.

o Assign FXin to aux send (post-fade).
o Assign FX out to bus direct in.

o Assign FXin to channel direct out.

Audio physical connections

Over 500 physical analogue XLR connections are possible on a PRO X Live
Audio System depending on card configuration.

The five available card types are DL441, DL442, DL443, DL444 and DL452

(see Table 2 “Range of PRO Series equipment supply” on page 21). Any three of
these cards can be fitted directly into the rear of a PRO X Control Centre,

and the remainder are fitted in the configurable /0 boxes.

All of the configurable 1/0 are freely routable on a scene-by-scene basis.

Surround capabilities

Theatres and broadcast have differing requirements for surround and both
are catered for in the PRO X.

Conventional stereo and SIS™ panning is assignable on a channel-by-channel
basis (channel one can be in stereo, while channel two can be in SIS™), as follows:

o Stereo left—right routing to master buses.
o SIS™left—right—centre routing to master buses.

Three additional surround modes operate as follows:
o Quad Left — Right — LS — RS routing to matrices 1,2, 5 and 6.

o Surround Left — Right — Centre — Surround routing to
matrices 1,2, 3,5and 6.

e 5.1surround Left — Right — Centre — Sub — LS — RS routing to matrices
1,2,3,4,5and 6.

Network

The network of the PRO X utilises the physical connectivity of Ethernet
(EtherCon® connectors and Cat 5e/copper cable), but replaces its data protocol
with AES50 protocol (implemented as SuperMac) and the HyperMac high
capacity system, which are more suited to high quality, low latency audio
distribution. The use of the AES standard allows straightforward interfacing with
any third party hardware that also utilises this connection.

Network connections carry digital audio, control data and standard Ethernet
traffic bi-directionally down a single cable. Cat 5e cable is used for the ‘local’
connections and the single digital ‘snake’ (equivalent to a 384-channel analogue
multi-core) between control centre and Audio System Engine. The combination
of audio, control, clock and third party Ethernet data in a single network means
that the hardware interfaces on a single RJ45 connection.

Reliability (redundancy)

All critical system connections and most components incorporate integral backup

and recovery strategies such as redeployment of resources, N+1 redundancy or dual
redundancy etc. A modular approach to software, hardware and physical construction
also aids reliability and simplifies servicing. The following lists some examples:

o The Audio System Engine incorporates N+1 redundant power supplies and
3 modules, with a redundant 4th module included. The standard failure
recovery for modules will be redeployment of critical roles typically causing
loss of some less important inputs. The 4th module allows the system to
operate as N+1 and there will be no loss of function after redeployment.

o Therouter is contained in the same rack and incorporates dual HyperMAC
connections in and out.

o The control centre contains dual redundant master controllers, dual GUI
screens and N+1 redundant power supplies.

This resilience strategy provides high reliability performance at a reasonable cost
because it is designed in from the start and not as an afterthought.

Control software

The operating system of the PRO X is Linux, which is an open-source, stable,
proven operating system (0S). Linux is used in many mission-critical applications
worldwide and has allowed MIDAS’ software engineers to write a ground-up
system that contains no ‘hidden’ or unused code. This has resulted in an
efficient, compact application, which is quick in operation, quick booting and
comparatively easy to debug.

Two copies of the master control software run on separate processors to provide
resilience to failure.

GUI

The PRO X has two, daylight-viewable, LED screens that provide fast zone and
channel strip status indication. Although any screen can display any information,
in the standard configuration, screen information relates to module location.

So, the mix bay screen displays the channel strip and fast zone while the master
bay screen displays the channel strip, input fast zone (four inputs) and all meters.

The screens are controlled from the primary navigation zone at the bottom of the
master bay via two trackballs.
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Integration of third party hardware/software

The PRO X network includes the capability to interface any third party hardware
that uses AES/EBU or AES50 digital audio, or a standard analogue audio interface.

Each PRO X AES/EBU input and output has a sample rate converter.
Synchronisation to external AES3 interfaces can be:

o Global - viainputs on the routers.
e Localtoeachinput.
o Local to each output (synchronisation to adjacent local output).

Multiple local connections can be at different sample rates.

The use of the AES50 protocol for the transmission of digital audio means

that any third party digital audio hardware that features this connection can

be connected to the MIDAS network, and will transfer audio to and from the
MIDAS hardware without any additional interfaces or converters (provided it
runs in TDM 96kHz mode). This will be particularly useful as the protocol gains
acceptance with recording and playback devices, loudspeaker controllers, audio
networking systems, digital amplifiers etc.

PCor MAC computers can use the Ethernet tunnel in the network system, and
can communicate with other computers on the network.

The PRO X Control Centre features an external video for both screens, and the
master bay GUI screen (on the right) also has a three-way KVM switch. Control
centre views can be routed to external monitors, and external video sources can
be displayed on the control centre.

The KVM switch facilitates the control of three external computers via the screen,
trackball and keyboard of the control centre. This is hugely important and means
that third party systems can be controlled from within the PRO X Control Centre
without having to move your head to look at screens placed off to one side. /t also
means that there is no need to find somewhere to put multiple keyboards and mice.

(EN
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Chapter 3: About The Control Centre

This chapter introduces you to the control centre and provides a brief
hardware description.

Overview of the control centre

The control centre has a combined control surface and GUI that provide an array
of easy-to-use controls for the precise manipulation of audio.

The control centre is of modular construction and is built on a robust MIDAS steel
frame chassis similar to those used for established MIDAS analogue products.
The frame houses three full size bays with a smaller one on the right. All of the
bays are controlled from a single processor and, collectively, provide the primary
mixing needs of the engineer.

All associated power supplies, computer motherboards, memory, graphics cards
etc. are housed within the control centre, which also contains a digital audio
router box that supports local FOH (insert) 1/0 connectors on the rear panel.
Substantial forced air-cooling is provided by a bulkhead and large (but slow
moving) internal fans. These produce very low noise, or can be turned off
altogether and are suitable for seated areas theatres and concert sound.

PRO X control centre

Externally, the control centre has three main areas: control surface, GUl and
rear panel. The control surface is populated with instantly recognisable controls
that are logically distributed in major sections. The GUI, which comprises two
screens at the top of the centre bays, enhances operation by providing visual
representations of the control surface and also gives you extra functionality.
The rear panel provides all of the control centre and network connectivity, and
houses the mains power sockets and isolator switch.

Multiple hardware fault types are tolerated by the control centre without loss

of audio control due to the dual redundancy and N+1 methods incorporated in
the system. This is further helped by the modular nature of the bays and GUI
independence. Either of the GUI screens can be used to operate the whole control
centre, even if none of the control surface hardware is working. The unit offers
the facility of universal input, N-+1 redundant power supplies with three latching
mains connectors.

Bay and GUI layout

The control centre has four discrete bays that house the following control

surface controls:

« Input bays (12-channel and 4-channel) — two input bays provide fast
access to input faders and important signal processing controls.

o Mix bay — provides access to outputs and groups, a detailed processing
controller (all channels) and navigational controls.

o Master bay — provides access to the master output mixes,
monitor (A and B) faders, automation, comms control, assignable effects
control, and another set of detailed processing and navigational controls.

Input bay (12-channel)
Mix bay

Master bay

Input bay (4-channel)

Mix bay GUI screen
(6]  Master bay GUI screen
Talk mic and USB connectors.

Figure 4: Bay and GUI layout

Two GUI display screens at the top of the central bays provide extensive screen
support (standard configuration) and extra functionality for the channels and
buses. For example, when mixing or processing. They also facilitate the use of the
GUI' menu, which gives you access to the many powerful features of the control
centre, such as patching, effects, GEQs, diagnostics etc.

Control surface

The control surface is divided into areas whose function is, largely, dependent
on bay location. Each bay has assorted control elements with local feedback
and/or support from the two centrally located GUI display screens. The screens
can be remoted via external VGA connections, and third party systems can also
be viewed/controlled via an integrated KVM switch on the rear panel.

F B

il
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E

A — input fast zone: 16 input fast strips across the 12-channel and 4-channel
input bays provide the operator’s ‘must have now’ controls.

E— VCA and POP groups: VCA faders and POP group sections.

F— miscellaneous: master channel strips, A and B signal path monitoring,
B — channel strip and mixes: processing areas, such as the D-zone (dynamic), communications, I-zone, surround monitoring and mute groups.
E-zone (EQ) and mix controls, provide a more comprehensive control by allowing

. v o G — primary navigation zone: trackballs for mix and master bay GUI screen
detailed adjustments to a single channel’s audio parameters. primary navig Y

control, and a screen access panel (between trackballs) for direct access to GUI
C— channel and bus navigation zone: sections for channel and bus navigation menu options.

and selecton.For detils, see Navigation. H — automation: scene store/recall and system edit.

D — output fast zone: the new output-centric centre section, allows
the simultaneous display of 24 mono or stereo mix buses, and advanced
navigation buttons.

Figure 5: Main areas of the control surface
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During show time the screen functions that require fast access are controlled by
control knobs, pushbutton switches, faders etc. More complex functions that do
not require this fast access are controlled by the trackballs and navigational keys.
Akeyboard integral to the flight case is used for text entry via the master bay GUI
screen. An external USB keyboard can be used to operate the mix bay GUI screen.

The choice of controls provided by each bay type are prioritised by access time
importance. Fast zone areas, which contain fast strips, give instant access to
specific functions across the bay, and channel strips give greater control of the
selected fast strip.

GUI

The GUI comprises two screens that provide a pictorial representation of the
control surface layout so that its displays are easy to follow at a glance. Not only
does it reflect what is happening on the control surface, but it also provides
extra functionality via a GUI menu. This menu provides access to all the screens
that you will require to set up, configure, manage and operate the entire control
centre, all from a single drop-down list of easy to follow options.

‘4 BT

Channel type
select buttons

QOutputs

Figure 6: Typical Overview screen (default of the mix bay GUI screen)

T T

M @™ Console Overview

Typical Console Overview screen (default of the master bay GUI screen)

Each GUI screen has its own default display, although either is selectable via
the GUI main menu. The Overview screen displays 12 inputs and the selected
bank of outputs, and the Console Overview screen shows all of the console’s
inputs and outputs. Both screens have a banner at the top, which is constantly
displayed, and a channel strip down the outermost side.

The channel strips have a similar function to the ones on the control surface
(see Figure 5 in Chapter 3), but provide extra functionality. Each displays an
‘overview’ of the associated selected channel, which is divided into specific
sections that provide access to processing areas.

Front and rear panel connections

The control centre has connector panels on both the front and rear, and also to
the left of the mix bay GUI screen.

The connector panel to the left of the GUI has an XLR socket and two USB sockets
for connecting a talk mic and USB devices, respectively. For example, you can
connect a USB memory stick for show file backup and transfer, or a USB keyboard
for text editing on the GUI. The top USB socket is associated with the mix bay and
the bottom one with the master bay.

There are two panels at either end of the front of the control centre, under the
armrests. Each has a keyboard and phones socket. The left and right keyboard
sockets operate the mix and master bay GUI screens, respectively. The phones
socket in the left panel is for the monitor A section and the other one is for
monitor B.

A connector panel on the rear of the control centre has three main sections (see
below). On the left are three mains power inlet and ventilation assemblies, with
a DC power switch above. The mid-section contains connections for the audio,
network, communications, intercoms, synchronisation, external remote devices
and peripheral devices. The section on the right is the user-configurable modular
1/0 section.

The modular 1/0 section can house up to three of any of the following I/0
modules in any combination: DL441 analogue input (mic) module; DL442
analogue output module; DL443 analogue Jack I/0 module; DL444 8 analogue
micin and 8 analogue line out module and DL452 AES/EBU input and output
module. This gives a maximum of 24 inputs and 24 outputs, if the appropriate
cards are fitted.

Mains power
and ventilation

Audio, control

and networking {configuration dependent)

Rear view of the control centre

For more information, see Chapter 29 “Panel Connections” in Appendix G.

External interfaces and peripheral devices
Various devices can be used with the PRO X, such as:

« External USB mouse Instead of using the primary navigation zone to
operate either of the GUI screens, you can use an external USB mouse.
This can be plugged into any of the USB connectors on the PRO X. The USB
mouse behaves in the same way as any PC mouse. For more information,
see “Using an external USB mouse” in Chapter 26.

» External USB keyboard A USB keyboard can be used to operate either of
the GUI screens. For more information, see “Using an external USB keyboard”
in Chapter 26.

o MIDI Standard 5-pin connectors are housed in the rear panel for use
as MIDI in, out and through ports. These are fitted on the I/0 units and,
therefore, are available at both the FOH and the stage locations.

o USB USB ports are provided on all units and are, therefore, available at the
FOH locations. In addition, the PRO X provides USB host ports (left of GUI
screens) for keyboard, mouse and removable storage (memory stick).

o External monitor The control centre has high density D-type connectors
on the rear panel of the PRO Series Control Centre that carry VGA signals for
external monitor connection. For more information, see “Using an external
monitor” in Chapter 26.

(EN
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o Network inter-operability A port on the router is for general ‘rest of the
world" Ethernet traffic. This port is isolated from the PRO X Control Centre’s
Ethernet traffic by a routing table gateway mechanism within the
router itself.

Mix buses

To help reduce latency the PRO X has only four time zones for the primary channel
types, with the interconnecting buses being restricted to the intervening time.
The time zones and their channel associations are as follows:

o First time zone Input channels, including aux inputs set to input
channel mode.

o Second time zone Aux Channels, including aux inputs that are set to
effects return mode.

o Third time zone Master outputs.
o Fourth time zone Matrix outputs.

This differs from traditional analogue consoles, where it is often possible to mix
four or five times through a system, as latency is not an issue. However, this
system has the advantages of being able to route directly from inputs to matrix
output — one bus to another — and offering more flexible bus types (stereo,
mono, aux, sub, mix minus etc.).

In this system, all inputs are automatically time aligned, so there is no comb
filtering, which is often a problem with other digital consoles.

For details of the bus types and their options, see Table 24 “Definition of primary
buses” in Appendix J.

Automation

The automation system can store and recall up to 9900 snapshot scenes.

These contain the setting values for every control on the control centre
(excluding some of the monitor section). Scene recall (and store) can be ‘scoped’
such that only the areas that you want to recall (or store) are affected, while all
other controls remain in their current state.

The PRO X can also recall/store operational preferences, so that its operation
can be configured to suit a particular application. For example, you can choose
whether or not to navigate screens on the ‘touch’ of controls, or as part of
snapshot recall.

For theatre applications, channel settings can be recalled (across all scenes) from
alibrary of presets. This complexity allows a generic show to cope with differing
performers on a night-by-night basis, which is common in theatres.

MIDI and GPIO input/output are provided, as well as the ability to fire and
respond to contact closures per scene.

The ‘next’ LCD button has been positioned close to the VCA faders and has been
purposely designed so as to be distinct from other functions.
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Getting Started

Chapter 4: Setting Up The System

This chapter shows you how to set up a live audio system to its
default configuration.

Note: If you want to set up the system using a configuration other than the default,
please contact MIDAS Technical Support for details.

Initial set-up procedure
Initial system set-up basically comprises:

o Unpacking and checking the equipment
e Making up a rack

o  (Connecting up the equipment

o Powering the equipment

o Initial patching
Itisimportant to set up the type of snakes connected in the system.

o Configuring the rack unit(s)

Unpacking the equipment

After carefully unpacking the equipment, save all packing materials, as they will
prove useful should it become necessary to transport the equipment later.

Inspect the equipment carefully for any sign of damage incurred

during transportation. It has undergone stringent quality control inspection

and tests prior to packing and was in perfect condition when it left the factory.
However, if the equipment shows any signs of damage, notify the transportation
company without delay. Only you, the consignee, may institute a claim against
the carrier for damage during transportation.

Making up a rack

In the standard supply, the rack supplied with the your system is fully fitted with
the Audio System Engine unit and the 1/0 unit(s) appropriate for your system.
However, should you wish to re-configure the system to suit your own needs,
take note of the rack requirements as detailed in the following subsection.

Outboard equipment rack requirements

To ensure the correct installation and function of the outboard equipment, any
rack has to meet the following general requirements:

o Shock mounting (for non-installation environments) The rack must
provide adequate shock protection of the units it houses by incorporating
appropriately-designed shock protection methods. For example, a foam-
suspended rack or a frame suspended on anti-vibration mounts.

« Ventilation The PRO X rack units have been designed such that their internal
ventilation airflow is drawn in through the front of the unit and expelled
though the rear. To facilitate this, rack design must ensure that cool air can
flow freely through the rack in the same direction, that is, in through the
front of the rack and out through the rear. Situations where the air flows in a
circular direction around and through a PRO X unit must be prevented. MIDAS
recommends that racks with fully opening front and rear doors are used.

Caution

Never combine units in the same rack that

have been designed for a ventilation air flow
direction other than that designed for the MIDAS units.

To avoid this, we recommend that any non-MIDAS units
are housed separately.

o Rack mount supports Always secure the rear of the PRO X units to the rack
via their rear rack mount support brackets. These brackets are fitted to every
PRO X unit and are recommended for use in touring applications. The rack
mount support fixing hole centres are at a depth of approximately 395 mm
from the front panel.

« Handles on rack case You must ensure that there are sufficient external
handles fitted to the rack casing to enable the rack to be manoeuvred easily
and safely, and by the number of personnel suitable for the task. Also, these
handles must be fit for purpose.

o (learance at rear of units Ensure an adequate clearance at the rear of the
units to provide sufficient free space to enable the cables to achieve their
minimum bend radius.

o Securing the cables We recommend that the cables at the rear of the
units be tidied using lacing bars and cable ties. This should provide optimum
access to the rear of the units for connecting other cables, switching the
units on/off etc., and also to give maximum visibility of the units" LEDs for
determining communication status, link status, condition of audio etc.

Note: The above requirements also apply to any other MIDAS and
KLARK TEKNIK units, such as the DL431 Mic Splitter.

Wiring instructions

Basically, to connect the system equipment together all you have to do is to
connect the control centre to the Neutron using the Cat 5e or fibre optic snake.

>> To connect the PRO X Control Centre to the Neutron

1. Atthe rear of the PRO X Control Centre, connect the fibre-optic or copper
snakes to the optical or copper connectors, respectively, in the snake X and
snake Y sections.

2. Atthe rear of the Neutron, connect the two snakes to the appropriate
connectors (optical or copper) in the snake X and snake Y sections.

(EN
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MEUTRON Audio
System Engine

DL231 /O Unit

DL15x /O Unit

PRO X Wiring Diagram

PRO X Control Centre

3 x AESS0 expansion
ports

= COpper

C:)—Dual cable redundant HyperMAC
(fibre optic or copper)

. Rack - the Vo units are

typically housed in a
single 14u rack

Maxamum 100 m,
typically 0.5 m
(N+1 redundant
AESS50)
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Powering the system

The following details the recommended power up and power down procedures
for the system.

Note: Ifyou are in any doubt as to how to switch the rack units on/off, refer to their
operator manuals.

>> To power up the system

Important Note:

DO NOT switch on the speaker sub-system until after the start-up of the
system has been completed.

After all system interconnections have been made, start up the system by doing
the following:

1. Make sure that all of the system equipment is switched off, such as the control
centre, speaker sub-system, Audio System Engine unit and 1/0 unit(s).

2. Switch on the control centre.

3. Inthe master bay of the control centre, move all of the monitor and master
channel faders to the minimum position and mute all of the master channels.

4. Power up the other system equipment, such as the Audio System Engine unit
and 1/0 unit(s). This can be done in any order you like.

5. After the status indicator at the top of each GUI screen has
changed to green (shown below), switch on the speaker sub-system.

6. Switch on the audio source and start playing the audio.

7. Onthe control centre, check that the audio inputs are routed to the
master channels. Then, unmute the master channels and gradually increase
their faders while listening to the sound levels from the speakers.

If there is no sound at all coming from the speakers when the faders are at

maximum, move the faders to below the 0dB level and check if the audio is
muted somewhere along the input paths and also check that the individual
speakers are switched on.

>> To power down the system

Important Note:

BEFORE switching off any of the system components, don’t forget
to mute the audio from the speakers and switch off the speaker
sub-system.

1. Mute the audio from the speakers and switch off the speaker sub-system.
2. Switch off the 1/0 unit(s).

3. Switch off the Audio System Engine unit.

4. Switch off the control centre.

Switching the control centre on/off

Carry out the following to switch the control centre on or off in a safe manner,
observing all WARNINGS and Cautions.

>> To switch on the control centre

Caution (1)!

A minimum of two power supply modules
must be supplying power to the control centre
for correct operation. This is advised for the
Neutron as well.

Caution (2)!

Before switching on, check that all monitor
loudspeaker power amplifiers are turned off
or muted.

After connecting up the audio cables, carry out the following:

Mains power on/off LED indicator

Rear of control centre

Mains
outlet _a

Mains’
plug

Switching on the control centre

1. Plug the three mains cables into the mains power outlets.

2. Observing Caution (1)! above, plug the connectors of the mains cables into
the mains sockets on the rear of the control centre. (The green LED next to
each mains socket will illuminate if its mains supply is on.)

3. Observing Caution (2)! above, apply power to the control centre by switching
the D.C. POWER switch on. The control centre will boot up and, when the
default GUI screens are displayed, it is ready for use.

>> To switch off the control centre

1. Make sure you have saved any shows, scenes or settings you require.
2. Atthe GUI, choose home » Preferences ™ Shutdown System.
3. Atthe Shutdown ENTIRE system? prompt, click OK.
4

After the shutdown sequence has finished, switch off the D.C. POWER
switch (rear of control centre).

Sl

Disconnect the mains cables from the rear of the control centre.

(EN
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Setting up the ID of the unit(s)

After connecting up your system, you may need to set up the ID of the unit(s) in
the rack, such as the DL351 Modular 1/0, DL451 Modular 1/0 or DL431 Mic Splitter,
as each unit must have its own unique ID number. After changing ID or sample
rate/clock, a power cycle is recommended.

Note: The I/0 unit doesn’t have to be connected in the system for you to set up its ID,
as the procedure can be carried out offline.

>> To set up the ID of an unit

Although the programming menu of each type of I/0 unit may look slightly
different, the procedure for setting up its ID is basically very similar. For full
instructions on how to set up the ID of each particular I/0 unit, refer to its

operator manual.
1. If necessary, switch on the 1/0 unit.
2. Press MENU and hold for approximately two seconds to enter the main menu.
3. Ifnecessary, use the down arrow button [+ to navigate to the set ID option.
4. Press SELECT to enter the set ID option.
5. Ifnecessary, use the down arrow button to [+] navigate to the desired
ID number.
6. Press SELECT to select the ID number.
7. Press MENU repeatedly to exit the main menu. (The unit will automatically

exit programming mode after 20 seconds of inactivity, that is, if none of the
programming buttons are pressed within that time.)

ID Family Tree - Each DL I/O unit in the same family group must use a
different ID if in the same system- I/O Units in different groups can
use the same ID if required. The ID number range change depending
on the type of I/O Unit.
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Basic Operation Of The PRO Series

Chapter 5: Before You Start

This chapter is intended to familiarise you with the control centre by showing you
how to carry out some basic operations in order to get some audio out of it.

Note: As the operation of both input bays is principally the same, this chapter
will generally only show the operation of the 12-channel input bay. However, any
differences in operation between the 4-channel and 12-channel input bays will
be shown.

Please don't forget that, although this system is a complex, high-tech piece of
equipment, it is very easy to use.

Principles of operation

Control centre operation is based on the concept of colours and groups rather
than ‘layering’ or ‘paging’, which is the case with most digital consoles on the
market today. With so many channels available it is far easier to remember them
by their user-configured individual/group colour and name rather than their
channel number.

The control surface is populated with instantly recognisable controls that are
logically distributed in major sections, so that all the controls you need to access
most of the time are always on the control surface, while the remainder are only
one action away. You can display all /0 meters, both on the control surface and
the GUI, to give instant monitoring feedback.

Operating modes

You can change certain aspects of the control centre operation by assigning
different tasks to certain areas of the control surface. This section will explain the
different ways in which the control surface can operate.

Normal mode

During normal operation the 12-channel input bay is operated from the mix bay
controls and GUI screen, while the controls and GUI screen in the master bay
operate the 4-channel input bay. Both input bays operate in unison and are,

in effect, area A.

Note: The 12-channel input bay will always be area A, no matter which operating
mode you are using.

Using the 4-channel input bay as area B

You can assign the 4-channel input bay as area B, thus making both the input
bays independent from each other. This facilitates two-man operation.

Operating the top output fast strips from the
master bay

During normal operation, three rows of output fast strips — which are always
independent from each other — are operated using the controls in the mix bay.
However, you can assign the master bay to control the top row of output strips.

>> To switch control of the output strips to the master bay
Dial in the appropriate channel number.

Controlling the mix buses in flip mode

Flip provides a more global approach to mix bus level control. Normally, you can
only use the level control knobs in the channel strips to adjust the signal level of
the aux/matrix mix buses going to the aux/matrix channels. However, by using
flip you have the option of controlling them from either the pan control knobs or
the faders in the input fast strips.

In flip mode the left/right arrow buttons in the upper channel select section
scroll across the input fast strips.

>> To configure the control centre for pan or fader flip
1. Atthe GUI, choose home » Preferences ™ General.

2. Depending on which option you require, click the option button of one of
the following in the Fader flip section. When an option is selected, it will
contain ared circle:

o “Flip tofaders”.

e “FliptoPans”".

>> To flip mixes to input pan/fader control

With an output selected on the control surface, press FLIP. The button will
illuminate to show you are in ‘flip” mode. The currently selected mix bus in the
input fast strips will change to AuxS1and, on the GUI, the background colour of
the pans and faders will change accordingly.

Also, the LCD select buttons in the input fast strips will display the current
bus mode, for example, “MONO AUX".
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Saving your work

We recommend that you save your work reqularly while carrying out the
procedures included in this chapter. Not only is this good practice during
normal operation, but in this instance it may save you from losing some
set-ups that could prove useful later on. To do this, create a new show,

and then continue reading through the remainder of this section, following the
instructions carefully. Save your work at convenient points.

Saving a show versus storing a scene

Itis important to understand the differences between saving a show and storing
ascene.

 Storing a scene saves the current settings of the system to the show file.
Scene data is never updated unless you manually store a scene. The show file
remains unsaved in RAM.

Although the state of the control centre is copied every five seconds, it is
not stored in a scene. Instead, it is placed in the NVRAM (non-volatile
random access memory) of the control centre’s memory, which is a type

of RAM that doesn't lose its data when the power goes off. If the control
centre loses power accidentally, these settings are loaded so that audio
parameters are identical, thus avoiding audio level jumps. When power is
lost, the showfile loaded (if any) will not subsequently be restored,
and any unsaved changes to it will be lost.

 Saving a show copies the show file onto the internal solid-state disk of the
control centre. This provides you with a ‘permanent’ copy, provided you shut
down the system properly as detailed in the following section.

Shutting down the control centre properly

When switching off the control centre, we recommend that you use the
shutdown option of the GUI menu.

By using shutdown, the cached copy of the show data, which is maintained by
the system, is automatically stored. Shutdown then uses the current showfile,
NVRAM data and cache files to restore the control centre to exactly the same state
as at power down; even to the point of loading the unsaved show and placing you
at the correct scene, with non-stored scene data at the control surface.

If you don't use the Shutdown option the audio parameters are still restored,
but the show and show status (saved/unsaved) cannot be restored automatically.
You must manually reload the show, and any unsaved changes will be lost.
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Chapter 6: Working With The Control Centre

This chapter is intended to familiarise you with control surface and GUI controls of the control centre.

Although nearly all of the operations done via the control surface of the PRO X Control Centre can be replicated via the GUI, the emphasis in this chapter — and
throughout the manual — is on the former method. This is because, generally, control surface operation is quicker and more intuitive than using the GUI. However,
GUI methods will be included where they are anomalous or if there is no control surface equivalent.

The navigational controls, such as quick access buttons and scroll buttons, are described in Chapter 7 “Navigation”, and the ones specifically for automation can be
found in “Managing the scenes”.
About the PRO X controls

Although the control centre is populated with many familiar analogue-type controls there are some that may be new to you, particularly the ones relating to
navigation, grouping and the GUI. The following table shows some of the controls that can be found on the control surface of the PRO Series.

Type Description Example(s)

Pushbutton Generally two-state, that is, on/off or enabled/
disabled, and backlit or with an integral LCD for m

status indication. In all cases, an illuminated
pushbutton on the control surface (or GUI) is on/
enabled and an extinguished one is off/disabled,
unless otherwise stated.

touch-sensitive, their adjustment being shown
on the GUI. Some control knobs are backlit to help
identify their role and what they control.

Control knob In general, the control knobs (rotary controls) are ‘

Fader The high quality motorised faders are, similarly
to the control knobs, touch-sensitive so that
their operation can be tracked and simulated on
the GUI.

LED Show status indication. An illuminated

LED shows an active (on) or enabled ' O O
condition and, when extinguished,
it indicates an off or disabled condition.

Meter All of the input fast strips, master fast strips and
monitors have a peak level meter. There are also
ones for the centre speaker and subwoofer of the
5.1 surround panning. In addition, each input
fast strip has a gain reduction meter for both the
compressor and gate.

Meters are included on a number of the GUI
screens. The ‘all meters’ display of the master
bay’s default GUI screen (see Figure 20,

“Layout of the GUI screens,”) provides an overview
of what is happening in the PRO X by displaying
meters for all of the channels (inputs, outputs,
monitors etc.).
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About channel operation

During normal operation, the task of controlling the inputs is generally via the

12 fader input bay. The 10 fader Output bay can be used for Aux masters, VCAs,
MCAs, Matrix masters or used to extend inputs if desired. The Master bay controls
the main outputs and solo buses. The 4-fader right hand input bay can be used
for any functions as required by using the area B function. However it defaults to
show inputs.

This task allocation applies similarly to the GUI screens. However, you can control
any channel from either GUI screen. This is done by navigating the channel to
the GUI channel strip via the GUI menu; control is also then available via the local
channel strip on the control surface.

About GUI operation

1=

This section explains the basic procedures you can perform at the GUI screens.
In general, you will control and operate the GUI by combining the operations
described here.

%gﬂ dqpii ll[l%—_—_:{—ui
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Figure 9: Controlling the GUI

The GUI is not just an additional feature that enhances control surface operation,
itis a fully-featured tool in its own right. Not only does it show what is happening
on the control surface, but all of its controls are functional. The GUI contains most
of the controls found on the control surface and, in addition, has features that
allow configuration of the PRO X and provide extra functionality.

The GUI is operated via the primary navigation zone and is principally the same as
using a laptop PC, although you can operate either screen using an external USB
mouse instead. A USB keyboard is plugged into the PRO X for text editing.

Each trackball controls the movement of a pointer on its respective GUI screen
(see Figure 9). The left trackball operates the mix bay GUI screen and the right
one operates the GUI screen in the master bay. Each trackball has two buttons,
which have similar functionality to the buttons on a PC/laptop mouse. The left
button is used in click and drag operations, while the right button is generally
used for editing and finer control operations.

Click

Moving the pointer to a specific point of the GUI screen and pressing the left
button is called “clicking”. This is fundamental to GUI operation and forms the
basis of many of its operations, such as switching a button on/off, selecting list
and menu items, text editing etc. Doing the same with the right button is called
“right-clicking”.

Drag

Moving the pointer to a specific point of the GUI screen and then pressing the
left button while moving the pointer up/down/left/right is called “dragging”.
Dragging is used mainly to adjust control knobs and faders, and to move sliders
(attached to drop-down lists)—although it is also used to select blocks of
connectors when patching. The pointer disappears when the control has been
selected to show that it is ready for adjustment.

Common GUI screen elements

In general, you will see a banner at the top of both GUI screens that contains a
number of elements as follows:

™ Console’Overview

Item Description

Home Menu

Page Navigation
Page name

Heading

Current scene

System status

Tap Tempo info

Copy and Paste

Store and Load Preset

O (0| Ny (W IN|—

Parameter values displayed on touch

You can configure the PRO X (see “Changing the user interface preferences” in
Appendix E) so that the GUI displays the current value (and dimension) of the
control being adjusted.

Operating the GUI screen controls

This section shows you how to operate GUI screen elements, such as buttons,
control knobs, drop-down lists and sliders.

>> To switch a GUI button on/off

Click the button. If it has a status indicator, this will illuminate/extinguish to
show that it is on/off, respectively.

>> To adjust a GUI control knob or fader

Use a drag operation. Move the pointer up/down/left/right for adjustment.

Using drop-down lists

Certain configurable name fields, particularly the signal routing ones, have
drop-down lists that offer a number of preset or context-sensitive options to
choose from. Long lists — containing more options than can be displayed
simultaneously — have sliders that allow you to access all the options.

>> To select an option from a drop-down list

1. Click the drop-down arrow. The drop-down list will unfold to display some
or all of its contents, depending on how many items it contains.

Drop-down
arrow

Currently selected
list item

dpvice type:

LT
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2. Do one of the following: CANCEL button by which you can acknowledge the message or cancel
«  Click the option you require. the operation, respectively. Also, some message windows contain a

. ” o user-editable text field.
o Ifnecessary, scroll the list (see “To scroll a drop-down list” below) to

display the option you want, and then dlick it. o List windows have a number of user-selectable options in the form of
a list, and some may also include an OK and a CANCEL button.
>>To scroll a drop-down list Similar to a window found on a PC running a Windows-based operating system,
With the drop-down list displayed, do one of the following: windows can be moved around the screen, which is useful if you need to see
«  Drag the scroll box. what is behind the window. Also, each window has a close (X) button at its

o (lick the scroll bar. The scroll box will ‘jump’in the direction of the click upper-right corner.

to another position in the scroll bar. >> To close a window

e Click an up/down scroll arrow. The scroll box will ‘jump’in the direction g one of the following;
of the scroll arrow to another scroll bar position. Clicking a scroll arrow

when the scroll box is adjacent to it has no effect, o Ifthe window has an OK button, and you have made the requisite

changes in the window or you wish to acknowledge its message,
click OK.
o Ifthe window has a CLOSE button, click CLOSE. Changes made in this
Scroll box type of window update the control centre ‘live’, that is, as soon as you
make them, so clicking CLOSE merely closes the window.
 Ifthe window has a CANCEL button, and you wish to cancel any
Scroll bar changes or abort the operation, click CANCEL.

o Click “(X)" at the upper-right corner of the window.

device type:

Nene-Unknown

Scroll arrow >> To move a window

Use drag, first clicking on the window’s blue bar (top) and then dragging the
window where you want it.

Spin buttons

Up/down spin buttons let you increase/decrease the attribute or value of anitem.  Using the GUI menu
For example, the amount of time a signal is delayed (see “Channel configuration
controls” in chapter 30). | I m M

| L]

You can open the GUI menu at either GUI screen or you can go directly a
GUI'menu screen by using a screen access button.

About windows . . .

) ) ) ) Throughout this manual, menu/submenu option selection sequences are
There are three main types of window you will encounter when using the GUI, shown in the following format (for example, for choosing the general
as follows (an example of each is shown below): preferences screen):

home » Preferences ™ General

>> To open the GUl menu
Click home.

....
g
2

q
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Properti“e“s“
window List window

o Properties windows contain elements that you can select or edit, such
as options, lists, tick boxes, text fields etc.

o Message windows contain text that can be a prompt or an error
message. Generally, this type of window will contain an OK and a
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>> To select a GUl menu option

Click the menu option, for example, Monitors. The background of the menu
option will change to blue when it is ready for selection.

>> To open the submenu of a GUl menu option

Move the pointer over the arrow to the right of the desired menu option.
The submenu will open automatically to the right of the arrow.

>>To open a GUI menu screen using a screen access button

= I I |

[

In the primary navigation zone, press a screen access button to open the first
screen (printed to the right of the button). Press it again to open the
second screen.

These two examples show you how to use the screen access buttons to open the Automation screen
(single press) and the Graphic EQs screen (two presses). These buttons take you directly to the screen
you want.

Text editing

Akeyboard is used to type in text on the GUI, for example, to configure input and
output channel names. Editable text on the GUI is contained in text boxes, which
generally consist of a single line of limited length. Although all text editing can
be done using the normal keyboard functions, the GUI can be used to assist you,
for example, by highlighting portions of text (using drag).

>> To enter/edit text via the keyboard
1. Atthe GUI, click in the text box to place an insertion pointin it. The pointer
will change to an I-beam shape.

2. Using the keyboard, type in the new text. If the text box already contains
some text, you can delete this first or edit it, which can be done via the
keyboard or by using the cut, copy and paste options after right-clicking.

3. Press ENTER on the keyboard to exit the text box (or click on an empty area
of the GUI screen). The pointer’s shape will change back to an arrow.

Chapter 7: Navigation

This chapter introduces you to navigation on the control centre and shows you
how to use its navigational tools.

For information on navigating the scenes in automation, refer to “Scene and
show management in chapter 9.

An introduction to navigation

The control centre provides you with unique navigational controls to quickly and
easily access the items, such as channels, buses, groups and processing areas,
that you will require for mixing.

Navigation is an important feature of the control centre. One of the advantages
digital consoles have over analogue ones is that their channel count is not
limited by the control surface hardware. However, this means that only a certain
amount of channels can be at the control surface at any time, while the others
are ‘hidden’. So, navigation is required to access these hidden channels whenever
you need them.

Note: The way the control centre is set to operate may alter the function of some of
the navigational controls. For more information, see “Operating modes” in chapter 5.

Navigation is primarily via the control surface, although the GUI may provide an
alternative and also has some unique navigational features of its own.

Navigating the input channels

The input channels are grouped into ‘banks’, with each bank containing four
consecutively numbered channels.

During normal operation, four banks of input channels populate the input bays,
and these are displayed across the control surface in ascending order from left to
right.

Mix bay channel strip

Input fast
strip

Figure 10: Input channel navigational controls
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Item Element(s) Description
1 Quick access button — channel stri Quickly selects the local processing area of the selected channel or channel pair,
p but doesn't affect channel selection. llluminates (blue) when active.
) Quick access button — input fast strip Quickly selgcts the I.ocal input channel anq assigns the local processing area to the mix bay
channel strip. llluminates (blue) when active.
Selects the local input channel. Has a backlit LCD display (with user-configurable
3 LCD select button — input fast strip backlight colour), which shows channel name etc. When selected, the display changes to a
‘negative’ image.
Selects the VCA/POP group, unfolding the group members to the control surface.
Has a backlit LCD display (with user-configurable backlight colour), which shows
4 LCD select button — VCA/ POP group group name.
This button is also used for setting up the group (see “To assign channels to a
VCA/POP group” in chapter 9).
The EXTEND button in the channel type section is used with the number keys in the
5 Channel select keys and button lower channel select section to select a specific channel number, assigning it to the
control surface (see “Fault finding a problem channel” in chapter 7).
6 ALIGN button Navigates the currently selected input channel to the local input bay
(see “To navigate the selected input channel back to the control surface” in chapter 7).
7 scroll by 12 buttons These left a.nd right scroll buttons scroll through the input channels 12 channels (three
bank) at a time.
9 LEDs
Assigns the 4-channel input bay as area B, which then operates with the master bay
8 B button .
channel strip.
These left and right scroll buttons scroll through the channels one at a time.
9 scroll by 1 buttons . .
Channel selection follows the scrolling.
10 scroll by 4 buttons These left and rlght scroll buttons scroll through the input channels four channels
(one bank) at a time.

>> To assign an input channel to the control surface
Do one of the following:

e Scroll buttons Scroll the desired input channel to the control surface using
the scroll by 4 or scroll by 12 buttons in either input select section.

o VCA/POP group buttons If the desired input channel is in a group, press its
VCA/POP group LCD select button.

You can use the GUI menu to select any VCA/POP group you want via the
home » Control Groups ™ VCA Groups option.

>> To select an input channel

With the desired input channel currently assigned to the input fast strips on the
control surface, do one of the following:

o LCD select button Press the LCD select button in the desired input fast
strip. This will assign the input channel to the local channel strip and its
input channel overview to the GUI channel strip.

e Quick access button Press any quick access button in the desired input fast
strip. This will assign the input channel to the local channel strip and its local
processing area to the GUI channel strip.

o Touch sensitive control knobs Touch/operate one of the control knobs in
the desired input fast strip. This will select the input channel.

You can use the scroll by 1 buttons in the upper channel select section to scroll
channel by channel to go to the input channel you want. You can scroll all of the
input channels using this method and the desired input channel doesn’t have to be
assigned to the control surface initially. Channel selection follows the scrolling.

You can use the GUI menu to select any input channel you want via the
home » Input Channels option.

>> To navigate the selected input channel back to the control surface

If you have navigated the currently selected input channel away from the control
surface, you can bring it back by pressing ALIGN in the input select section.

>>To select a processing area

You may want a specific processing area of an input channel assigned to the local
channel strip, for example, to carry out processing or for copying its parameters
to another input channel.

Do one of the following:

o Quick access button (channel strip) If the input channel you want is
currently selected at the control surface, press the quick access button local
to the desired processing area in the channel strip.

o Quick access button (input fast strip) If the input channel you want is
currently at the control surface, but is unselected, press the quick access
button local to the desired processing area in its input fast strip.

You can select a processing area via the input channel overview in the GUI
channel strip by clicking within a non-control area of the desired section.

(EN
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EN Navigating the mix buses

The input channels each have aux and matrix mix buses.

Figure 11: Mix bus navigational controls

Mix sections
(master bay)

-3

bus sends

Mix sections
(master bay)

" bus sends

Input fast strip

I.

Item Element(s) Description
. . . This button in the mix section of the input fast strips quickly selects the local mix area of
1 Quick access button — input faststrip the selected channel. llluminates (blue) when active.
This button in the mix section of the mix and master bays quickly selects the bank of
. . ) the currently selected aux/matrix bus, assigning it to the local channel strip on the
2 Quick access button — mix section o . )
control surface, and also assigning the bus processing area to the local GUI channel strip.
[lluminates (blue) when active.
3 scroll by 8 buttons These up and doyvn scroll buttons scroll through the mix buses in groups of eight
(one bank) at a time.
These up and down scroll buttons scroll through the mix buses one at a time. Mix bus
4 scroll by 1 buttons ) !
selection follows the scrolling.
5 Display Shows the number of the currently selected mix bus and its type.
6 FLIP, FX, GEQ, MCA buttons Enable streamlined control of channels and buses (see full explanations below).
7 scroll by 24 buttons Scroll through outputs in groups of 24.
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>> To navigate a mix bus to the control surface
Do one of the following:

o Scroll to the desired mix bus using the scroll by 1 buttons in the mix section.

Mix bus selection follows the scrolling.
o Scroll the desired bank of mix buses to the control surface using the
scroll by 8 buttons in the mix section.

o >>Toselect amix bus
Do one of the following:

o Scroll buttons Scroll to the desired mix bus using the scroll by 1 buttons
in the mix section. Mix bus selection follows the scrolling.

o Touch sensitive control knobs With the desired mix bus assigned to the
mix section on the control surface, touch/operate its control knob.

>> To navigate the mix bus processing area to the channel strip

Press the quick access button in the mix section of the desired input fast strip.
This does not affect the current population of the output fast zone.

You can select an aux bus or matrix bus processing area on the GUI by clicking on
the title of the desired bank of mix buses in the input channel overview of the
GUI channel strip (see Figure 17, “Typical sends sections of the mixes in the

GUI channel strip,” in chapter 9).

Flip

Flip provides a more global approach to mix bus level control. Normally you can
only use the level control knobs in the channel strips to adjust the signal level of
the aux/matrix mix buses going to the aux/matrix channels. However, by using
flip, you have the option of controlling them from either the pan control knobs or
the faders in the input fast strips.

In Flip mode, the left/right arrow buttons in the upper channel select section
scroll across the input fast strips.

To configure the control centre for pan or fader flip:
1. At the GUI, choose HOME>Preferences>General.

2. Depending on which option you require, click the option button of one of the
following in the Fader Flip section. When an option is selected,
it will contain a red circle:

“Flip to Faders”
“Flip to Pans”
To flip mixes to input pan/fader control:

With an output selected on the control surface press flip. The button will
illuminate to show you are in “Flip” mode. The currently-selected mix bus in the
input fast strips will change to AuxS1 and, on the GUI, the background colour of
the pans and faders will change accordingly.

Also, the LCD select button in the input fast strips will display the
current bus mode.

FX

When the FX button is illuminated, if an aux or matrix bus has an effect patched
to it, the effect will be displayed on the GUI when that aux/matrix is selected.
Similarly, a selected channel with an inserted effect with also display the effect.
This makes navigation of the effects section very quick.

This mode is great when mixing FOH and you want to change effects on the fly.

GEQ (Graphic Equalizer)

When an Aux or Matrix Bus has a GEQ assigned to it, it is possible to “flip” the
GEQ to the centre VCA/POP section.

1. Select the GEQ which illuminates to become active.

2. Select the Aux/Matrix bus using the LCD select buttons in the output
fast zone section.

3. Now the 8 faders in the VCA/POP section display the frequencies of the GEQ.

4. Use the arrows at either end of the VCA/POP section to change the
frequencies displayed for the GEQ.

5. You can adjust each fader of the GEQ individually. If you want to reset an
individual frequency of the GEQ to 0 dB, simply press the associated
LCD display above.

6. Reset all frequency bands by pressing and holding < > keys.

MCA (Mix Control Association)
If you are mixing in-ear monitors, this function could make the process easier.

The best way to think of MCA operation is as individual flip mode for VCA control
of Aux and Matrix sends, independent of the main VCA settings (if the input
channel contributions are set pre-fade).

MCAs allow channels assigned to an MCA to be changed by the same amount.
For example, if all the drum inputs are in an MCA, turning that MCA up in Aux 1
by -+3 dB will add +3 dB of level for each channel in the MCA to that aux send.

Another good use of MCAs is to group all the keyboards or hard disk playback
channels together, giving independent single fader control within an
Aux or Matrix send for each musician.

MCAs use the same groupings as the main VCAs. To enter MCA mode,

simply hit the MCA button. The faders in the centre VCA/pop section will show
the currently-selected aux or matrix and the name of the MCA/VCA.

You don't have to be in Flip mode to adjust an MCA level.
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EN Navigating the output channels

The output channels comprise auxes, returns, matrices and masters.

Master bay channel strip

I

[T

s

channel select

M2 RN 2838

masters

8
Master channels

Outputs

scroll
by 24

Figure 12: Output channel navigational controls

Item Element(s) Description
1 Quick access button — master channels Quickly selects the local master channel. llluminates (blue) when active.
2 To Faders Moves the currently-selected group to the faders below.
3 LCD select button Selgcts the channel. Has a backlit LCD display (with user-confi gurable backlight colour),
which shows group name.
4 Mute button Mutes the selected channel.
5 Solo button Solos the selected channel.
The buttons in the channel type section (except the EXTEND button) are used with the
6 Channel selection keys and buttons number keys in the channel select (lower) section to select a specifi c output channel
number, assigning it to the control surface (see Fault Finding A Problem Channel.
These left and right scroll buttons scroll through the channels one at a time.
7 scroll by T buttons . .
Channel selection follows the scrolling.
8 scroll by 24 buttons These left and rlght scroll buttons sFroII through the channels 24 at a time.
Channel selection follows the scrolling.
. . Quickly selects the local processing area of the selected channel or channel pair,
’ Quick access button — channel strip but doesn't aff ect channel selection. Illuminates (blue) when active.
These left and right scroll buttons scroll through the channels 24 at a time. Channel
10 scroll by 8 buttons : !
selection follows the scrolling.
1 LCD display Show type and number of currently selected output channel.
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>> To assign output channels to the control surface
Do one of the following:

o Scroll to the desired output channel using the scroll by 1, scroll by 8 or
scroll by 24 buttons.

You can assign a bank of channels to the output fast strip via the GUI. Similarly
to the layout of the control surface, the overview GUI screen has channel select
buttons to the right of the two rows of outputs (see Figure 6, “Typical Overview
screen (default of the mix bay GUI screen),” in chapter 3). Click the desired
channel type button to assign its bank of outputs to the row on the left. For
example, click the lower AUX button to assign auxes 1to 8 to the lower row of
outputs.

>> To select an output channel
Do one of the following:

o Quick access button (output fast strip) To select an output channel
that s currently assigned to the output fast strips, press its local quick access
button in the desired output fast strip. This will assign the output channel to
the local channel strip.

o Quick access button (master channel) To select a master channel,
press its local quick access button. This will assign the master channel to the
local channel strip.

» Touch sensitive control knobs Touch/operate the control knob in the
desired output fast strip. This will select the local channel and assign it to
the local channel strip.

You can use the GUI menu to select any output channel you want via the
home » Mix & Outputs option.

>> To select a processing area

You may want a specific processing area of an output channel assigned to

the local channel strip, for example, to carry out processing or for copying its
parameters to another output channel. To do this, provided the output channel
is currently selected at the control surface, press the quick access button local to
the desired channel strip’s processing area to select it.

You can select a processing area via the GUI by clicking on a non-control area
within the desired section of the ‘overview” display (aux send, aux return, matrix
or master) in the GUI channel strip.

Navigation via the GUI

The GUI has unique navigational tools by which to return to a channel ‘overview’
display from one of its processing areas in the GUI channel strip, and also to
browse through the GUI screen display history.

>> To navigate back to a channel’s overview display from one of its
processing areas in the GUI channel strip

(lick the up arrow.

WS overview

As1 AUXS1

Up arrow

>> To find a GUI screen that you recently opened
Use the back/forward browser buttons to do one of the following:
o Toreturn to the GUI screen you have just opened, click the back button.

o Toopen one of the GUI screens you have recently visited, click the back/
forward buttons. The back button will take you back through your browser
history, while the forward button goes the opposite way.

Back button Forward button

Lo
home ? 0‘

The back/forward buttons are similar to those on standard browsers used
onany PC.

Fault finding a problem channel

If you know the number of the channel that has a problem, you can quickly
navigate it to the control surface by typing in its channel type and number via
the lower channel select (lower) and channel type sections.

>> To select a channel using its number

1. Ineither of the lower channel select sections, press the button of the
desired type. For example, if the channel is a matrix, press MTX.

2. Typein the channel’s number. For example, press 4 and then 7 for channel 47.
3. PressENTER.

(EN
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Pro X Centre Control

Navigating the Output Busses

The Centre Control section of the Pro X is the heart of Aux and Matrix control.

It contains 24 assignable output select LCD buttons arranged in 3 banks of 8.
The 8 faders on each bank can be sent to the output bay faders with the

“To Faders” button associated with each bank. Each of the 24 L(D output select
buttons can be either Mono, Split Stereo (where the L and R sides of a stereo
linked bus are displayed on separate and adjacent LCD screens) or Stereo.

Each output bus has a Solo, Mute and Talk button.

The Pro X has 72 Aux and 24 Matrix bus outputs which can be easily accessed by
using the Outputs ‘scroll by 24" arrow buttons. This will page through all Aux and

Matrix buses.

Odtphts

Pressing the associated LCD select button will bring the selected output settings

in the GUI display and also bring which ever channels are selected in the input
fast zone to the faders if in Fader Flip mode.

A fast way of turning channel Aux or Matrix sends on is by pressing and holding
its LCD select button for a few seconds, and then pressing the channel LCD
buttons for Inputs or Aux Returns you wish to contribute to that bus. This will
allow input channels to be turned on for the selected Aux bus instead of using the
associated mix “ON” button in the input fast zone area. The input channels which
are turned on in the chosen Aux will be highlighted in black as shown below.

If the Aux or Matrix are linked, both faders can be merged onto one fader for easy
stereo operation, depending on the global or local link settings. Both Output
names will be displayed on the LCD select button as shown in the picture

(this also has the benefit of two lines of Naming text becoming available instead
of one). Each press of the Stereo Aux toggles which side of the stereo aux is
shown in the GUI and is highlighted in black. It is possible to have them as
independent faders by deselecting the COL (Collapse) button in the output detail
area (this will also decouple the Solo, Mute and Talk functionality as well,

see note below).

Note that only odd to even Aux and Matrix outputs can be paired, i.e. 1to 2 or 3
to 4 etc. Click the Link Opt button to choose which functions are linked when in
stereo. When an output is linked in stereo and the COL button is turned on, all the
following outputs will move down, filling the 24 available LCD select buttons in
the center control section.

Please note that when two busses are linked and displayed on a single LCD
screen, the Talk, Solo, Fader and Mute for both paths are also linked and
cannot operate independently.

If you wish to have independent Solos, independent Mute control etc., then you
will need to turn off the COL button and display each side of the stereo pair on
separate LCD buttons. You can then use the LINK OPT button to make or

break those links.

TRTSTIEM T [7

Unassigned

M mL_ -_

bus trim
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Chapter 8: Patching

This chapter describes the patching feature of the PRO Series.

Introduction

Patching is a GUI-only feature that lets you carry out all system routing
requirements. The GUI main menu has a Patching option that takes you to
the Patching screen, which contains all of the available patching connectors
in the system. This screen provides an easy-to-use interface, where you can
select your source and destination patching options, facilitated by a panel

of function buttons. Additionally, the Patching screen lets you set up the
units (devices). For example, you can adjust the analogue gain, select +48V
phantom voltage etc., of the line I/0 units connected in the system.

Terms used in PRO X patching

The following is an explanation of the patching terms:

o Checkpoint A patching data store point, created by clicking CHECKPOINT.
« Destination The patch connector to which a signal is routed.

o Device A diagram in the I/0 tabs that represents a physical rack unit, such as
aline 170, mic splitter, DN9696 etc.

 Drag A method of selecting a block of source patch connectors in the From
section of the Patching screen (see “To select a block of patch connectors in
the From section” in chapter 8).

o From section The leftmost area of the patching screen that contains the
source patch connectors.

» Patch connector Any tab patching point, for example, an XLR connector,
bus, sidechain compressor etc.

o Patching The process of routing a channel/signal from a
source to a destination(s).

Source The patch connector from which a signal is patched.

o Tab A’sheet’in the From and To sections that contains a specific group of
patch connectors.

o Tosection The rightmost area of the Patching screen that contains the
destination patch connectors.

About the Patching screen

The Patching screen has two main areas: a function button panel towards
the top of the screen and a patching area below. The function buttons provide
the required patching functionality and allow I/0 tab devices to be set up. The
patching area provides access to all the patch connectors.

The patching area is split equally into two independent sections, called From and
To, which contain the source and destination patch connectors, respectively. The
patch connectors are grouped on tabs according to type. Only one tab per section
will be visible at any time.

The 1/0 tabs represent the Stage and FOH racks, and contain graphical
representations (devices) of the units connected in those racks.
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Figure 13: Patching screen

Item Element Description
Lets you patch a single source to a single destination or multiple destinations.
! SINGLE button See “Single patching (SINGLE)" in chapter 8.
5 SEQ. button Lets ygq select multiple sources and patch them one by one (see “Sequence patching
(SEQ.)"in chapter 8).
Lets you select a block of sources and patch them all automatically, simply by selecting a
3 AUTO button single destination. Any existing patches within the destination range will be replaced by
the new ones. See “Automatic patching (AUT0)” in chapter 8.
4 NONE button Clears all currently selected patch connectors from all tabs in the From and To sections.
5 LIST button Changes the tooltip type from standard to list when carrying out a sequence patching
operating via the SEQ. button (see “List tooltip” in chapter 8).
Sets a patching store point, or snapshot, that contains the patching status at that instant.
6 CHECKPOINT button Each time CHECKPOINT is clicked the previous checkpoint is overwritten.
Reverts patching status to the last checkpoint or, if no checkpoints have been created,
7 RESTORE button it will revert patching status to the power up condition. All patching done in the
intervening period will be lost.
Undoes the latest single patch, even if it was part of a multiple patching operation.
8 UNDO button Repeated clicks will undo the preceding patching operations, going back to the last
checkpoint, or power up if no checkpoints have been created.
9 REDO button Redoes an undo. This can be repeated for each undo in the previous undo operation.

(EN
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E N ) Item Element Description

(lears all current selections and their patches.

Important:

10 CLEAR SEL. button Unlike the NONE button, which merely removes the current selections
(highlighted in yellow), CLEAR SEL. goes a step further by removing the
patch as well. This will stop any audio that may have been going through the
patched signal.

Clears all patching (see “To clear all current patching” in chapter 8).

n CLEAR button Important:
Exercise great caution when using this function. Observe the warning that

appears after clicking this button.

n CONFIG button Opens the AES50 Device Configuration window, from where you can set up the /0 tabs
in the Patching screen (see “Typical AES50 Device Configuration window” in chapter 8).
These are user library (preset) function buttons

1 STORE PRESET and LOAD PRESET buttons (see Chapter 24 "User Libraries (Presets)" in chapter 24).

14 Title section Section titles and tab names.

15 Patching area Contains all of the patch connectors on tabs.

1 To section Houses the tabs that contain all of the patch connector destinations
(see Table 4 “Patching screen tabs” in chapter 8).

17 From section Houses the tabs that contain all of the patch connector sources
(see Table 4 “Patching screen tabs” in chapter 8).

>> To access the Patching screen Symbol Description

ne of the following: A
Do one of the following Bus or channel destination patch connector.

o Atthe GUI, choose home » Patching.
Female XLR chassis patch connector (input).

o Atthe GUI, click a src (source) or dest (destination) button. The Patching

screen will open at the appropriate tab/configuration window. Male XLR chassis patch connector (output).

o Pressthe patching/metering button in the primary navigation zone.

What the Patching screen symbols mean Jack patch connector.

The following table gives a description of all the symbols that appear on the

Patching screen tabs. Non-functional patch connector, that is, one that cannot be

patched.
Description F [ Compressor sidechain input patch connector.
During patching, this triangle appears under a tab name
when the tab contains a selected patch connector. )
E[ Gate input patch connector.

Shown at the top of the channel patch connectors, this box

aids channel identification by matching the user-configured

Tape return connector
colour for that channel. P

&

Insert return patch connector. Set-up button, which opens the device configuration

window (see “Configuring the devices” in chapter 8
Insert send patch connector. for details).

=

A
NEE N [

Bus or channel source patch connector.
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About the tabs in the From and To sections

Each tab in the From and To sections of the Patching screen contains graphical representations of the PRO X source and destination patch connectors, respectively.

For details of where you can access the tab sheets in the From and To sections from, see “Navigating to the Patching screen” in chapter 8.

Table 4: Patching screen tabs

Tab name Section Description Example
The Stage 1/0 tab (see Figure 14, “Typical AES50 Device :
Configuration window,” in chapter 8) contains the devices [uuscusus petasagan)
Stage 1/0 From fitted in the Stage rack (see “System components” in c  oooooooo||e  oooooooo) (o
9 chapter 2). For information on what devices can be fitted in : 5]
the I/0 rack, see “About the devices on the stage and FOH ;. fooggoan,
/0 tabs” in chapter 8.
BN patching
The FOH 1/0 tab contains the devices fitted in the FOH rack
(see “System components” in chapter 2). For information TTLLRELr
FOHI/0 From on what devices can be fitted in the I/0 rack, see “About
the devices on the stage and FOH I/0 tabs” in chapter 8.
@™ Patching
The Busses tab allows routing from the auxes, matrices
Busses From
and master outputs.
BN ™ Patching
The Dir. Out (Direct Out) tab lets you patch any of the
Dir. Out From input channels internally (for example, to an effect) or
(Direct Qut) provides a way out of the PRO Series Control Centre via a

line 1/0 unit.

(EN
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E N ) Tab name Section Description Example
@™ patching
The Ins. Sends (Insert Sends) tab allows any of the input
Ins Sends P
From and output channels to be routed, primarily to an effects
(Insert Sends) .
device (internal or external).
@™ patching
:‘: CICCICICICT
[ululululu]
- OonoEnEaE
The Effects tab allows patching from any of the —
internal effects. Each effect can support up to eight inputs —
Effects From and outputs, depending on which effects device is loaded.
Stereo effects use the first two inputs/outputs. =
‘j."." Lo [ L] ,Wrzﬁnnr':r'rm
WS patching
The Mon. (Monitor) tab allows routing of the monitor outs
Mon (A and B) and external talk. These can also be found on the
(Mon.itor) From Monitors screen (see Figure 20 “Monitor A and B strips”

in chapter 9) as shown in Table 5 “Monitor inputs and
outputs on the Monitors screen” in chapter 8.
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Tab name

Section

Description

Example

1

From

The CM1 tab allows routing from the optional
bi-directional Neutron-NB expansion card.

The audio format is determined by the installed cards.

You can choose from USB, Dante, AES50 or MADI. Each card
can work at either 96 or 48 kHz. At 48 kHz you can have

48 channels over USB/AES50 and 64 over Dante/MADI.
These numbers are halved if the card sample rate is set to
96 kHz, i.e. 24 bi-directional channels over USB/AES50 and
32 over Dante/MADI.

Stage 1/0

To

Although this is the equivalent of the Stage /0 tab in the
From section, this one does not contain any mic splitters,
as they don’t supply any inputs to the PRO Series

Control Centre. Refer to “To access the Patching screen”

in chapter 8 and “System components” in chapter 2.

FOH1/0

To

This tab is the equivalent of the FOH 1/0 tab in the
From section.

For information on what devices can be fitted in the
/0 rack, see “About the devices on the stage and FOH /0
tabs” in chapter 8.

Inputs

To

The Inputs tab allows sources to be routed to the input
channels, tape returns and aux returns. This tab controls
all of the input channels and the eight Aux Returns
(returns).

(EN
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E N ) Tab name Section Description Example
The Dir. In (Direct Input) tab lets you patch, for example,
. . effects to the outputs. A signal connected to a direct input
Dir. In (Direct ; ; .
Input) To can access the dynamics and EQ processing available on
that output. This allows the aux bus masters to be used as
additional input channels.
Insert Ret. The Ins. Ret. (Insert Return) tab allows insert returns to e
TO . aEaEaasas EEAEaaEE AaEasas
(Insert Return) be patched to any of the inputs and outputs.
aaEaasas EEQWPBEE agaaan
The Sidechains tab allows patching to the compressor E— S
Sidechains To and gate of the input and output sidechains R a2
(see “Side chain” in chapter 30). »
r”mﬂﬂﬁﬁnﬁﬂ
Effects To The Effects tab allows patching to all of the effects.

annnanng

ulalalalatafals]

[elalalota s o]

alalatalatalala)

Pl

e

(ululalalelsalals]




51

PRO X User Manual

Tab name Section

Description

Example

Mon.

(Monitor) To

The Mon. (Monitor) tab allows routing to the
communications and monitors. These can also be found
on the Monitors screen (see Figure 20 “Monitor A and B
strips” in chapter 14) as shown in Table 5 “Monitor inputs
and outputs on the Monitors screen”.

1 To

The CM1 tab allows routing to the Neutron-NB expansion
card. The audio format is determined by the installed
cards, i.e. USB, Dante, AES50 or MADI. Sample rate is set in
the From page.

If the sample rate or the card type is set incorrectly for
either of the two cards, then on the Diagnostics screen,
this will cause the 'l0 Card' section of the screen to error
and show in red.

The Neutron engine itself contains automatic sample rate convertors (ASRCs) which all of the card audio passes through, so there is no need to configure these if there
is a mismatch between the console sample rate and the card sample rate.

For example, if you take audio from a Dante card which is connected to a laptop running at 48 kHz, then the Neutron engine will automatically convert the inputs up to
96 kHz for the Pro X, and any outputs going back through Dante will be stepped down to 48 kHz for the laptop.

The following table lists the patching connectors on the Mon. tabs in the From and To sections, and shows their equivalents on the Monitors screen.

Table 5: Monitor inputs and outputs on the Monitors screen

Mon. tab input and output Equivalent on the Monitors screen
Monitor QutAL Output monitor A output L
Monitor Out AR Output monitor A output R
Monitor OutBL Output monitor B output L
Monitor Out BR Output monitor B output R
Monitor Qut CL Output monitor centre output
Monitor Out CR Output monitor LFE output
External Talk Destination Output external talk output
Talk Input Source Input talk input
Talkback Input Source Input talkback input
Ext Input Source L Input external input L
Ext Input Source R Input external input R
PFL Direct Input Source Input pfl direct input
AFL Direct Input Source L Input afl direct input left
AFL Direct Input Source R Input afl direct input right

Navigating to the Patching screen

You can open the Patching screen from various other screens in the GUI menu, usually by clicking a source (source) or dest. (destination) button. When you click one
of these buttons, not only will the Patching screen open, but the appropriate tab in the From/To section will be open as well. For a full list of patching routing on the
PRO Series, see Table 25 “Navigating to the Patching screen” in Appendix J.
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About the devices on the stage and FOH 1/0 tabs

The following device types will, if configured in the AES50 Device Configuration window (see Figure 14 “Typical AES50 Device Configuration window”), appear on

the 1/0 tabs of the From and To sections of the Patching screen.

Item Device Type Description Example
AES50 D 1 AES50 1
. This is an audio only device that is used to represent the
AESS0 Generic AESS0 inputs and outputs of any third party AES50 device.
DL251 D 1 DL251A 1
DL251A This dewc.e represents module card slots A, Band C of the
DL257 unit.
DL257 Audio
System /0
This device represents module card slots D, E and F of the
DL251B .
DL257 unit.
DL251C This dequ represents the redundant AES50 port of the
DL257 unit.
DL351A 1
DL351A This dewcg represents module card slots A, Band Cof the
DL3517 unit.
DL351 D 1 DL351B1
This device represents module card slots D, E and F of the
DL351 DL3518 DL351 unit.
Modular I/0
DL351 1D 1 DL351C 1
DL351C This dewc.e represents module card slots G and H of the
DL351 unit.
DI351D This devige represents the redundant AES50 port of the N/A
DL351 unit.
DL431 iD 1 MicSplit 1
Mic Solitter For more information on this unit, refer to its operator
DL431 Mic P manual (part number DOC02-DL431).
Splitter
This device type is used to specify which port is to be used
MS Cable Red as a dual redundant port to a DL431 Mic Splitter. N/A
DL451 D 1 LinelO 1
Line 10 For more information on this unit, refer to its operator '
DL451 manual (part number DOC02-DL451).
Modular 1/0
Line lo Cable Red This device type is used to specify which port is to be used N/A

as a dual redundant port to a DL451 Modular 1/0.
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Item Device Type Description Example
= €
DL231 Mic Splitter This device represents the DL231 Microphone Spliter.
DL151 D 1 DL1511
DL151 This device represents the DL1511/0 units.
DL152 This device represents the DL152 1/0 units.
DL153 1D 3 DL1533
DL15x DL153 This device represents the DL153 1/0 units.
1/0 units
DL154 This device represents the DL154 1/0 units.
i} DL155ID 5 DL1SSS
DL155 This device represents the DL155 1/0 units.
Use up to four of these devices (with IDs 1to 4) to represent
DN9696 DN9696 the four AES50 port.s forup tg 96 char!nels.of recordlpg/
playback. For more information on this unit, refer to its
help manual (part number DOC02-DN9696HM).
This device represents the control surface monitor input
and output XLRs. These are also shown on the Mon. tabs of
the Patching screen, that is, the Talk Input Source and R
. Talkback Input Source in the From section and all of
Monitor N/A

those shown in the To section. Normally, these are always
connected to the above patch connectors on the Mon.
tabs. However, LFE and centre can be used as assignable
outputs if surround monitoring is not required.

(EN
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Common device elements

The device images have certain common elements in their layout,
as shown below.

DL351A 1

DL351 1D 1

Atypical device
Item Description
1 Unit type.
2 Unit ID number.
3 Unit name and PRO Series Live Audio System-assigned
unit number.

‘Spanner’ button, opens the device configuration window (see
“Configuring the devices” in chapter 9).

5 Patch connector.

Patch connector area. (The line 1/0 device shows the three

6 module card slots, A, Band C.)
7 Module slot reference.
Patching tooltips

Patching uses two types of tooltip — standard and list — to convey useful
patching information about the patch connectors. A tooltip is a transitory object,
in the form of a text box, that only appears while the GUI's pointer is in the
proximity of a patch connector.

Standard tooltip

The standard tooltip is the default type that appears during all patching
operations (unless the list tooltip is selected). The following diagram shows,
typically, the type of information provided by a standard tooltip.

Meter

Inl on MicSplit 1

Is Rauted To

Typical standard tooltip

Item Description

Patch connector information panel, contains information on
the selected patch connector, such as, name, ID, device name,
device ID etc. Depending on the device type, a signal level
meter appears if the channel is passing audio.

Routing information panel, contains patching information on
2 the selected patch connector. (If this panel is blank, the patch
connector is not patched.)

3 The patch connector that the tooltip belongs to.

List tooltip

If you are carrying out a sequence operation, you can use the list tooltip to help in
selecting the destinations in the To section. This tooltip, which has a distinctive
translucent orange background, displays a list of the sources still to be patched.
The list is in order of selection, with the first in the queue being at the bottom.
You can only use the list tooltip for sequence operations.

Mic25 (Source )

Bl MicSplit3 XLR 5 In§ (Mic Split 3)
ol MicSplit 3 XLR 4 Ind (Mic Split 3)
Ml Micsplit3 XLR 2 In2 (Mic Split =

Typical list tooltip
Item Description
ID of the patch connector belonging to the tooltip. If selected,
1 this patch connector will be patched to the source patch

connector at the bottom of the list.

List of selected sources still to be patched. Contains channel
and device ID information.

This source patch connector is the one waiting to be patched.
3 Once patched, this will disappear from the list and the one
immediately above will take its place.

>> To select the list tooltip
Press LIST. (Pressing LIST again will change the tooltip back to the standard type.)

About the patching procedure

Although patching can be thought of as routing/rerouting the control centre’s
incoming, internal and outgoing signals, in the context of the Patching screen,
patching also encompasses the setting up and configuration of the stage and
FOH rack 1/0 devices. The patching procedure is initially carried out after system
installation and comprises:

» Device configuration Configure the devices by adjusting their parameters
(see below).

 Snake selection Configure the control centre according to the type
of ‘snake’ you are using for the X and Y networks (see “Configuring the
snake type”). This is important, as the control centre will not work
unless the snake type is correctly configured.

o Setting up the 1/0 rack devices Set up the system devices, such as line
1/0, DN9696 and generic AES50, in the I/0 tabs in the From and To sections
of the Patching screen (see “Setting up the 1/0 rack devices”).

o Patching Carry out all of the required routing, for example, mics to input
channels (see “How to patch”).

Configuring the devices

You have the option to configure the devices from the Patching screen.
Parameters, such as gain and +48V phantom voltage, can be adjusted or
switched on/off, respectively, via a device-specific configuration window.

These configuration settings can be independent of channel data, as (until
patched) they only control the physical unit. If a device is subsequently patched
to one or more channels, the channel(s) control the device, and vice-versa.

The device configuration area also allows control of audio parameters when the
device is used as a direct connection to another device. For example, FOH to stage
via a digital snake, instead of through the DSP. In this case the settings are also
saved in the show file and can be automated, even though the signals are not
routed through the control centre DSP.



55 PRO X User Manual

About the configuration window >> To open the configuration window of a device ( E N

The configuration window, which has a similar format for each device, comprises ~ Click the device’s spanner button.
eight channel panels and drop-down lists for channel range/card selection.

N " Patching

P re—

>> To set up/change the configuration of an I/0 device
1. Open the configuration window of the I/0 device you want to configure.

2. Select the I/0 device from the drop-down list at the top of the
configuration window.

DL351A ID 1 Stage Port 10 'b

DL351A ID 1 StageyPort 10

N

Typical device configuration window

Item Description

1 Device ID field, contains the device type and number.

2 Device drop-down list, for device selection.

3 Channel range/card selection list. 3. Select the card/channel you want to configure/change, via the drop-down
4 CLOSE button, closes the configuration window. list at the upper-right corner of the configuration window. For example,

5 Channel panel, contains device-specific controls and graphics. the “Analogue In Card”.

WS o™ Patching

Device configuration procedure

Although the procedure for configuring the devices is similar, their parameters
are dependent on device type. The procedure for configuring the devices of a
similar type involves:

Opening the configuration window of the device.

o Selecting one of the device’s cards/channel ranges and configuring the
available parameters.

Repeating for the other cards/channel ranges of the device.
*  Repeating for the other devices ofa similar type. 4. Inachannel, configure the parameters. For example, in channel “In1”, adjust
o Closing the device’s configuration window. the gain and switch the +48V phantom voltage on (shown below).

Note: As the set-up procedure is similar for each device (although some of the

options may vary), only the one for DL351 Modular I/0 is detailed in this section.

Repeat step 4 for the other channels in the card.

Repeat step 3 to step 5 for the other cards.

If necessary, configure other 1/0 devices by repeating step 2 to step 6.
Click CLOSE.
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Configuring the snake type
Important:
The snakes must be correctly configured before operating the control

centre, as it will not pass audio or control data if the snakes are not
configured correctly.

You can connect the Audio System Engine to the control centre with either
copper or fibre-optic snakes. The control centre needs to be configured with this
information before operation can begin.

>> To configure the control centre with the snake type information
1. Atthe GUI, choose home » Preferences ™ General.
2. Under the Stage Link X heading, click the Fibre or Copper option,

according to whichever is fitted to the X network. For example, click the
Fibre option (shown right). A selected option will contain a red circle.

Stage Link X Stage Link Y

O Fibre

@ cCopper

3. Do the same for the Y network, under the Stage Link Y heading.

Setting up the 1/0 rack devices

You can add, remove and set up the devices, such as line I/0s, mic splitters,
DN9696s etc., that are in the Stage I/0 and FOH 1/0 racks. This is done via the
AES50 Device Configuration window. Here, you can set up the device ID and
also the type of cards (modules) fitted to the physical unit. The options are
context-sensitive, so some may be blank, depending on the type of device.

1
1

|

b e g

Stage Port 2 (DL3518B, ID 1)
Stage Port 3 (DL351C, ID 1)
Stage Port 4 (DL351D, ID 1)
Stage Port 5 (unused)
Stage Port 6 (unused)
Stage Port 7 (unused)
Stage Port 8 (unused)

FOH Port 1 (unused)

FOH Port 2 (unused)

FOH Port 3 (unused)

FOH Integrated 10

device type:

ID 1 (in Use)

device options:

Analogue 8 input Taal
Analogue 8 Output u
Line - jack (In-Out) ¥

Figure 14: Typical AES50 Device Configuration window

Attempt auto assign

Attempt auto assign can check which 1/0 racks are plugged in on the AES50 ports
and automatically set the device type and device ID. It is good practice to check
that the correct racks and IDs have been set when using the Auto assign function.

Item Description

List of Stage and FOH ports, showing current
device assignments.

device type drop-down list, contains a list of the available
2 devices to choose from (see “About the devices on the stage
and FOH 1/0 tabs”).

device ID drop-down list, contains a full list of IDs for the
3 selected device type. Those already in use will be prefixed with
the text “(In use)”.

device options drop-down list(s), from which you can
select the card that is actually fitted in the physical unit.

4 The positions of the drop-down lists are relative to the card
positions in the physical unit.
5 CLOSE button, closes the AES50 Device

Configuration window.

To cater for the dual redundant ports of the DL431 Mic Splitter and DL451 Modular
I/0 (Xand Y connections) there are two options in the device type drop-down list,
MS Cable Red and Line lo Cable Red, respectively. Initially, the device is allocated
toa port (as for any device), then a second port is allocated to the redundant
connection, but with the same device ID (see below for details).

Device set-up procedure

The device set-up procedure comprises:

o Selecting the port (Stage or FOH) you wish to allocate the device to.
o Selecting the device type.

o Selecting an ID for the device.

o Selecting the options (if any) for the device.

>>To add a device or change its set up
1. Click CONFIG to open the AES50 Device Configuration window.

2. (lick the port you want to allocate the device to. For example, “FOH Port 3
(unused)”. The text in the device type: field will change accordingly. (A port
that has no device allocated to it will have the text “(unused)” after its name.)

3. Inthe device type: drop-down list, click the type of device. For example,
“DL351A".

4. Inthe device ID: drop-down list, click the ID you want for the device. For
example, “ID6”.

5. Inthe device options: drop-down list, click the type of card fitted physical
unit. For example, “Analogue 8 Input”. If there is more than one device
options: drop-down list, repeat for the remaining ones, making sure they
match the actual cards fitted.

6. Click CLOSE.

>> To remove a device

Select the port/device from the list in the left of the AES50 Device
Configuration window. Then, select “None-Unknown” in the device type:
drop-down list. For further details, see “To add a device or change its set up”
in chapter 10.

>>To add a DL431 Mic Splitter or DL451 Modular I/0 device

1. Set up the device (as detailed above), but select the Mic Splitter (for
DL431) or Line 10 (for DL451) option in the device type drop-down list
as necessary.

2. Set up the device’s redundant connection by selecting another port from
the list in the left of the AES50 Device Configuration window. Select the
MS Cable Red or Line lo Cable Red option in the device type drop-down
list as necessary. Then, in the device ID: drop-down list, select the same
device ID as the one you chose in step 1.

3. Click CLOSE.
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How to patch

Patching, basically, involves selecting the source patching connectors in the

From section of the Patching screen and then selecting their destination(s) in the

To section. You can select patches singly, or in multiples by using the sequence
and automatic operations.

Each patch connector has three possible states, as indicated by its fill colour.
The following table shows what each state signifies (the examples show XLR
connectors, although it applies to any type of patch connector).

Symbol Description

r:'ﬁ Patch connector is not selected and not patched.

Patch connector is selected, but can be eitherin a
patched or unpatched condition.

Patch connector is patched, but is not selected.

Table 6: Effects of clicking a patch connector

Working with patch connectors

You can select patch connectors one at a time by clicking on them, or you can
select them in blocks by using a drag operation. All of the patch connectors
in both the From or To sections are on tabs so, before you can select a patch
connector, its tab must be open.

>>To open a tab in the From or To sections

Click the tab title. For example, click Ins. Sends to open the insert sends tab.

>> To select a single patch connector

Click the patch connector. The effects of clicking a patch connector are shown in
the following table.

Clicking Does this in the From section

Does this in the To section

Selects patch the connector.

B -

Will do one of the following (provided one or more patch
connectors have been selected in the From section):

. Selects the patch connector during a
single patching operation.

. Patches the patch connector during either a
sequence or an automatic patching operation.

Otherwise, this has no effect.

Deselects the patch connector, which then

E % > reverts to its previous state y OR H Removes the patch.
(patched or unpatched). ffi

Selects the patch connector and all the ones it is
patched to in the To section. Removes the patch. r:'i

)'To quickly check the destinations of a source patch connector, click it. This will select it and all of its
destinations. A green triangle will appear under the name of any tab in the To section that contains a
destination(s).

>> To select a block of patch connectors in the From section

Use a drag operation (see “Drag” in chapter 6) to create a bounding box around
the block of connectors you want to select (shown below).

This procedure can only be done using sequence and multi-patching operations
(initiated by the SEQ. and AUTO buttons, respectively).

BN patching

-~
M pr— prmm——— prr——
» SINGLE T SEQ. ik AUTO + NONE

DL351 1D 1 DL351A 1

A | ononoon
B

c

>> To deselect all selected patch connectors
Click NONE.

>> To remove a single patch

In the To section, click the patch connector from which you want to remove
the patch.

>> To remove all the patches of a single source

1. Make sure that no patch connectors are selected. If necessary, click NONE.

In the From section, click the source patch connector from which you want
to remove all of the patches. (This will select the source patch connector and
also all of its destinations.)

3. (Click CLEAR SEL.

>> To remove the patches from all selected patch connectors
Click CLEAR SEL.

>> To clear a block of patch connectors

1. Click NONE.

2. Inthe From section, select the patch connectors you want to unpatch.
3. (Click CLEAR SEL.

4. (lick NONE.

(EN
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Single patching (SINGLE)

The SINGLE function button lets you patch a single source to a single destination
or multiple destinations.

>> To patch a single source to a single destination

The following example shows you how to patch an output from a mic splitter to
aninput channel.

1. Click SINGLE.

2. Select the source patch connector. For example, in the Stage 1/0 tab of the
From section, click the first patch connector (XLR1) of card A of the DL351
Modular I/0. Its background will change to yellow and a green triangle will
appear under the tab title (as shown below).

Patching

home

Stage /O  fFon 10 Bussse Dir. Dut

DL351 1D 1 | DL351-1

3
FEEEEEEE

3. Select the destination patch connector. For example, in the Inputs tab of
the To section, click the patch connector for input channel 14 (Mic14). It will
now be patched to the source. If the new patch is carrying a signal, this audio
may be heard, depending on the settings of the control centre.

Input Channal 14§

AN

Is Sourced From :\,)

Inl on DL351-1

Note: You can also carry out single patching operations using the CLEAR SEL. and
AUTO functions.
>> To patch a single source to multiple destinations

1. Patch the desired source patch connector to one of its destinations,
as detailed in “To patch a single source to a single destination”.

2. Inthe To section, select the other destinations.

Sequence patching (SEQ.)

If you need to do a number of patches, and each has only a single destination,
you can use the sequence function. All of the source patch connectors are
selected in the From section before being patched, one by one, in the To section.
This saves you having to go back to the From section at the start of each patch.

To assist you in sequence patching, you can change the tooltip to the list type
(see “List tooltip”).

Automatic patching (AUTO)

You can patch a block of source patch connectors, by selecting a single
destination. This is called “automatic patching”. When using automatic patching,
note the following:

o Sources are selected in blocks (see “To select a block of patch connectors in
the From section”).

o You canonly select one block of sources at a time.

Destinations are restricted to a single type (for example, inputs).

The selected destination forms the start of the automatically patched range
of destinations.

o Sources and destinations are automatically patched in ascending order,
the lowest numbered source and the selected destination forming the first
patch.

Sources will only be patched up to the highest numbered destination of
the current destination type. If there are any sources left over, automatic
patching pauses. You can then patch these by selecting another destination.

>> To automatically patch a block of source channels

1. Click AUTO.

2. Inthe From section, select the source patch connectors (see “To select a
block of patch connectors in the From section”).

3. Inthe To section, choose the destination patch connector that will form the
start of the automatic patching range. For example, input channel 3 (Mic3).

4. (lick the destination patch connector. The sources will be patched in
numerical sequence and in ascending order from here onwards.

DL351A1 XLR1

Inl on DL351A 1

Clearing all current patching

Caution

The CLEAR function button clears all current

patching, and must be used with great caution.
To alert you of the drastic nature of using this button, a
WARNING appears.

>> To clear all current patching
1. Click CLEAR. The WARNING window (shown below) will appear.
2. Heed the warning and do one of the following:

o Ifyouwantto clearall current patching, click OK.

o To cancel the clear operation and close the WARNING window,
click CANCEL.
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Chapter 9: Basic Operation

This chapter is intended to familiarise you with the control centre by showing you
how to carry out some basic operations in order to get some audio out of it.

Note: As the operation of both input bays is principally the same, this chapter

will generally only show the operation of the 12-channel input bay. However,

any differences in operation between the 4-channel and 12-channel input bays will
be highlighted.

GUI input fast strip

Input gain/trim section

Please don't forget that, although this system is a complex, high-tech piece of
equipment, it is very easy to use.

Setting a mic amplifier’s input gain

The control centre has two input gains per channel, one is the remote gain for the
analogue mic pre (stage box gain) and the other is the digital trim (console gain)
(see “Mic amp input gain (preliminary input processing)” in chapter 30). In its
default state, the stage box gain is in the channel strip and the console gainiis in
each input fast strip. However, you can swap these sections over (by pressing the
gain swap button) to give you a more global control of the stage box gain.

Swap button

Channel

R O

----------------------
wonlon'on's slomonone
B

Filters

GUI channel

G Graph shows the effect of
strip

the filter on the signal

Figure 15: Gain and filter sections of the input strips

section

Note: The gain trim and stage box control knobs on the control surface will adjust whatever has been ‘swapped' to their respective strips and not necessarily what their
names suggest. The stage box control knob (channel strip) always controls the alternative ‘swap’ to the ones shown in the input fast strips on the GUI screen.

>> To set the stage box gain/console gain

1. Inthe gain trim section of an input fast strip, press the quick access button
(see Figure 15 “Gain and filter sections of the input strips”). This selects
the input channel and assigns its configuration processing area to the GUI
channel strip, which contains the GAIN SWAP button.

2. Press the left-right arrow gain swap button (or click GAIN SWAP) to swap the
gain trim and stage box sections over. The following diagram shows an
example of each section.

HAT

stage box

3. Adjust the gain trim control knob (5dB steps from -2.5dB to +45dB) to the
required level to suit the MIDAS pre-amp characteristic. A suitable level
could be one that only just illuminates the yellow LEDs. Do this for each
required channel.

Drive the mic amps for that ‘MIDAS colouration’; feel free to overdrive if
you want.

4.  After you have achieved the required gain state, press the left-right arrow
gain swap button (or click GAIN SWAP) to swap the gains back to their
default state.

5. Adjust the gain trim control knob to (this time) adjust the console digital
trim (+20dB to -40dB continuous trim) for your preferred gain structure.

6. Setanalogue remotes for initial set-up, then adjust digital trim for showtime.

(EN
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Setting the high and low pass filters

Select high and low pass filters. The high and low pass filters can be switched
on/off and, when on, each has two settings. The filters are replicated on the GUI,
which also shows the value of the filter in operation.

>> To set both high and low pass filters in

3. Ifnecessary, press the filter’s SLOPE button to set its slope (dB); its status is
shown on the GUL. For the high pass filter, in = 24dB and out = 12dB, and for
the low pass filter, in = 12dB and out = 6dB.

4. Adjust the high pass/low pass control knob to set the filter frequency (Hz).
The ranges are 10Hz to 400Hz for the high pass filter and 2kHz to 40kHz for
the low pass filter.

1. Inthe gain trim section of an input fast strip (see Figure 15 “Gain and filter
sections of the input strips”), press the quick access button. This selects Input equalisation (E zone)
the input channel and assigns its configuration processing area to the GUI Use EQ to equalise the input signal via the treble, hi-mid, lo-mid and bass filters,
channel strip, which contains the filters section. which are situated in the input channel strip’s E zone. Treble and bass each have
2. Inthe filters section of the input channel strip, press the filter select button  a parametric filter option and three specific shelving modes. Visual feedback for
(high pass or low pass ) to switch the filter in. EQis via GUI only.
Graph shows the effects of EQ
M In|?ut fast
treble .@ strip
” © . dL
[ LS / o .@-— Filter quick
button
ey L access
il %
g k lo-mid
b_/.._@. LEDs for EQ
ass filter selection
P— indication
parametric EQ
B 7]
\ o 1=
freq @)
Light background shows that G @)
this is the selected EQ filter rj
GUI ch 1 0 o @
siria;)nne E zone width e}
>>To EQ the input signal 4. Audition the different filters, including the ‘minimum harmonic disruption’
1. Inaninput fast strip, press the quick access button of the desired EQ filter L{?:Sltzisscl:(;{lll’:gbtuhtrtzl:]gh them
(treble, hi-mid, lo-mid or bass). This will select the channel and open the 9 ’
EQ ﬁlter s processing area in the GUI's channel strip. Alternatively, youcan Note: The minimum harmonic disruption 2 0
navigate to it using the bass and treble up and down arrow buttons in the . . # ke
E-zone (shown above) filters are bright and deep, which are freq.
‘ available for treble and bass, respectively. 0
2. Intheinput fast strip, press EQ to switch the EQ in. The EQ button’s LED will These filters use psychoacoustic phenomena 16 3
illuminate when its EQ is switched in. to generate steep slopes that sound natural. -
3. IntheE zone, adjust the freq, width and gain control knobs to apply

EQ as desired.
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Input dynamics processing (D zone)
Set up compressor and gate dynamics processors using the controls in the input chan

There are four compressors available, corrective, adaptive, creative and vintage, each
envelope modes” in Appendix A).

GUI channel strip

nel strip’s D zone.
with the option of hard knee, medium knee and soft knee (see “Compressor

—‘ Input fast
strip

&

/ listen O@-— Compressor quick

l’
{
| i

s o | e gate

’_/_4 access button

listen O@-_ Satt: quick access
utton

= O

Graphs show the effects of
compression/gating

>> To set up a compressor/limiter

1. Inaninput fast strip, press the compressor quick access button in the comp
section. This will select the channel and assign its compressor processing
area to the GUI channel strip.

2. Inthe comp section, press ON to switch the compressor in.

3. Inthe D zone, operate the attack, ratio/range (ratio), release, threshold
and make up controls to apply processing (see “Compressor” in Appendix
K). You could also set up a limiter by using a high threshold and a steep ratio
(greater than 5:1).

The hold control knob has no Move to just before Step 5 it is only used for
the gate.

4. Press KNEE to audition the different algorithms (hard knee, medium knee
and soft knee as shown below).

5. Press MODE to try different compressor types
(corrective, adaptive, creative and vintage).
For example, creative shown right.

o
<
5
B
“ 3.
G

G release
attack G

threshold

=
=
=

o

comp

gate
ratio/ range

make up

D zone

>>To set up a gate

1. Inaninput fast strip, press the gate quick access button in the gate section.
This will select the channel and assign its gate processing area to the GUI
channel strip.

2. Inthe gate section, press ON to switch the gate in.

3. Inthe D zone, operate the attack, ratio/range (range), release,
threshold and hold controls to apply processing (see “Gate” in chapter 30).

The make up control knob has no effect because it is only used for the
compressor.

Output processing

Apart from the returns, which are similar to the input channel EQ, the outputs
have a six-band PEQ with shelving modes on bands 1, 2 and 6. They also have the
option of using a GEQ, which is accessed via the GEQ button in their EQ processing
areas.

The outputs (except returns) have the same four compressor modes as the input
channels, but with the addition of a shimmer mode.

(EN
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Using VCA/POP groups

VCA/POP groups (bottom of the mix bay) allow simultaneous control over a
number of channels. This provides a quick method of bringing particular channels
to the control surface and saves you having to remember their name/number.
You can choose channel group associations and also configure the colour and

legend of each group’s LCD select button to make them instantly recognisable.
The LCD select button for each group is used for both group member assignment
and group recall.

Any group can have any channels (input/output) assigned to them, although in
normal practice is more likely that they will only have one or the other. Only input
channel group members are unfolded to the surface (input bays).

VCA groups include fader, solo and mute control. However, POP groups — which
have no audio function — are limited to unfolding channels (on area A or B).
POP groups let you create a group of related instruments that you need on the
control surface for some function.

Input channel " )
LCD select - i
buttons [

KE L RRRERRER

N\

s

VCA group LCD
select button

>> To assign channels to a VCA/POP group

1. Pressand hold down the LCD select button of the desired group (VCA or
POP). For example, “Kit” in the VCAs (as shown above). The group’s LCD
select button will start flashing when you are in group member selection
mode and the inputs will jump to program mode. Any existing input channel
group members will be unfolded to the control surface.

2. While still holding down the LCD select button, do one of the following:

« Toassign an input channel to the group, press the LD select button of the
desired input channel. Repeat for any other input channels you want in
the group. For example, “Kik 1, “Sn1”, “Hihat” and “Tom” (shown above).
If necessary, scroll to a new bank of input channels.

« Toassign an output channel to the group, press the quick access button
of the desired output channel. Repeat for any other output channels you

Configuring VCA/POP groups

want in the group. If necessary, navigate the desired output channels

to the control surface. The quick access buttons of any output channels
that are at the control surface and are group members will illuminate.
Individual output select buttons will flash if their bank contains a member
of the current group.

3. Release the group LD select button. The group now contains the channel
members you have just assigned and the group will be selected.

4. To exit the group, quickly press the group LCD select button.
£ To quickly see which channels are in a particular VCA group, press its SOLO button

on and off. Monitor this action on the Meters display (master bay GUI). Only the SOLO
buttons of channels that are group members will be affected.

The default name and associated colour of a group, which appear on its LCD select button and on the GUI, can be configured to suit your own preference. You can also
globally change the colour of the group members to match the group colour. Configuration is carried out at the Group Sheet screen (see Figure 16).

Palette icon

Pencil icon r Control knob icon

Figure 16: VCA/POP group fields on the Group Sheet screen

POP groups

VCA groups
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Note: (licking the control knob icon @ will open the VCA Groups screen
(a submenu of the Control Groups option), which provides group management control.

>> To access the Group Sheet screen
Do one of the following:
o AttheGUI, choose home » Control Groups » Group Sheet.

« Inthe primary navigation zone, press the vca/assignable controls screen
access button.

>> To set up the name of a VCA/POP group
Do one of the following:

o Choose from a list of pre-configured names by clicking the pencil icon |£
of the group. In the drop-down list, click the name of your choice, for example,
“EGtr”. Scroll the list, if required.

o Typeinanew name by clicking within the name field of the group.

The pointer will change to a white flashing I-shaped cursor, which will
appear at the end of the name field. Type in the new name via the keyboard
(maximum six characters).

>> To set up the colour of a VCA/POP group
1. Click the palette icon & of the group.
2. Inthe palette (shown right), click your chosen colour. For example, blue.

Bright aux number
and ramp/bar
shows that this
aux is on

aux sends pn detail area

EE= Ramp shows that this
signal is post-fader

Dull aux number
and ramp/bar
shows that this
aux is off

Bar shows that this
signal is pre-fader

LThis transition point across each group of

>> To set up the colour of a VCA/POP group and all of its members

Click the fillicon % of the group. The colour of all group members will now
match that of the group.

Setting up a mix

The control centre has up to 96 configurable mix buses (72 auxes and up to

24 matrices), each of which can be used as aux mixes, subgroups or mix minus.

All of the mixes can also be set up as stereo pairs or mono. Eight matrix outputs
can also be accessed directly from input channels via level controls, which gives
the control centre the ability to provide up to 32 discrete mixes, plus left, right

and mono. The mix sections (input fast strips) and the mix and sends sections
(mix and master bays) provide mix control and navigation, while the bus mode
selection is via GUI only.

Similarly to the inputs and groups, identification of mixes is by colour coding.

The overview displays in the GUI channel strip (see Figure 17) show the status of
the mixes, which are colour coordinated to match those in the sends section of
the control surface.

@™ Overview

eight mix buses, where solid colours
change to translucent, indicates 0dB

Figure 17: Typical sends sections of the mixes in the GUI channel strip
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>> To select the mix bus mode
1. Select the mix bus (see “To select a mix bus” in chapter 7).

2. Press the quick access button (adjacent to the filters section) to assign the
mix overview to the channel strip. For example, the aux send overview
for AuxST.
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3. Clicka non-control area within one of the sections (for example, dir in) to
open the configuration processing area in the GUI channel strip.

Overview
as1 AuxXS1

aux send overview

4. (lick MODE repeatedly to scroll through the mix modes (mix, group and
mix minus) to select the one you want. Group mode is fader only with no
pre-fader, and in mix minus mode all buses are initially routed — you have
to turn a bus routing switch on to take it out of the mix. Stereo mix mode
— with mix selected and LINK button on — is only accessed from the odd
numbered output channel of the linked pair. In stereo mix mode the top
control knob becomes pan adjust and the bottom one adjusts level.

When creating a stereo mix, you can use either the odd or even output to
link the two channels, but the mode of the odd channel is used on both.

®™ Overvie
As1 Aux

Unassigned

direct input =\
s irect inpu!
9 0
> =

>> To set up a mono aux mix
1. Making sure that the mix bus is not linked, select mix (see “To select the mix
bus mode”).

2. Select the input channel (see “To select an input channel” in chapter 7).

3. Atthe GUI, click within the appropriate sends section (aux or matrices) in the
overview display (see Figure 17 in chapter 9) to open its processing area.

4. Inthe mix (upper) section, do the following:

a) Press PRE to select pre-fader (on) or post-fader (off). Button status is
only available on the GUI (see Figure 17 in chapter 9).

b) Press ON to route the aux mix from input to aux output.

¢) Adjust the level control knob to change the signal level. You have the
option to adjust them using the pan/fader controls in the input fast
zone (12-channel input bay); this is known as “flip” mode. (You can also
adjust them in the GUI channel strip — overview or processing area
— using drag.)

T =
|

bus sends

AR EEER N ERE]
35995 55900

level / pan
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Mix bus routing

You can route an aux or matrix (or even master output) to an effect or output.
This is a GUI-only operation, which is done via the GUI channel strip or Patching
screen (see Chapter 8 “Patching”).

>> To route an aux or matrix to an effect or output
Do one of the following:

o Inthe processing area of the channel strip, click the required mix bus
destination from the drop-down list. For details of how to open the
processing area, refer to “To select the mix bus mode” in chapter 9.

Overview

At AuxS1

Unassigned
=
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bus trim
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« Inthe processing area of the channel strip, click dest (shown below). This will
open the Patching screen and the appropriate tab. For details of how to open
the processing area, refer to “To select the mix bus mode” in chapter 14.

Overview
a1 AuxS1
e

Unassigned
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Open the Patching screen and route the aux/matrix from there.
For information on patching, see Chapter 8 “Patching”.

Linking

You can link two mixes together. Pairs can only be created from adjacent mix
buses of the same colour. To link a pair of mix buses, click the LINK button of
either of the mix buses (odd or even) you want to link (see “To select the mix bus
mode” in chapter 14).

The linked parameters default to the user-configurable global default link settings,
which are set via the GUI menu (choose home » Preferences ™ Linking). However,
you can override these default link settings for the pair via the Stereo Linking
Options window, which is opened by pressing the LINK OPT. button (to the right
of the LINK button).

For more details, see Chapter 10 “Stereo Linking".

Using fader flip

For information on using fader flip, see “Controlling the mix buses in flip mode”
in chapter 7.

Note: When using fader flip to control the aux bus levels, always use the GUI to
check the level. This is because the fader level markings have a maximum of +-10dB,

whereas the aux bus levels only go up to +6dB.

Setting up the effects rack

The GUI's Effects screen contains a virtual eight-unit rack. You can have a maximum
of eight effects units in the rack, the number being dependent on configuration.
Each unit can contain any combination of the effects listed in the

Change Device Type window.

The assignable controls panel (shown in the Delay diagram below) is common to
all effects, and lets you control effect parameters via the equivalent panel on the
control surface (master bay).

For the available internal effects, see Chapter 16: Internal Effects.
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EN > >>To choose an effect Simple routing to master stereo outputs
1. Atthe GUI, choose home » Rack Units ™ Effects. Alternatively, pressthe  The following shows you how to obtain audio. Before proceeding with this
effects/graphics screen access button in the primary navigation zone. operation, make sure nothing is muted and master faders are up.

2. Click within your chosen rack position. This will be the position of the
new effect.

>> To obtain audio

Do one of the following:

o Pressthe ST (stereo) button of an input fast strip.
o Pressthe ST (stereo) button of a channel strip.

masters ’ &
.

sis ¥ ST | o

= A (HREHAREHERER
3. Inthe effect window, click CHANGE DEVICE TYPE. ! ’ il "

-
mono level 1
SIS image

pan

masters

SISl ST
V=

4. Inthe Change Device Type window, click your chosen device type.
For example, “DN780".

To expand an option, click the plus sign (+) next to your
chosen device.”

+ Modulation

Hall Revert
Plate Revert

Vintage Room Revarb.
Ambience Reverb

+ Dynamics

+EQ

5. Click OK.

6. Change the parameters of the new effect device as necessary. For example,
adjust control knobs, press buttons etc. You can even change the effect’s
name by editing its name field (upper-left corner of effect window).

7. Click CLOSE to close the effect window. The new effect will appear in the
effects rack.

You can now patch the new effect, which will be on the Effects tabs of both the
From and To sections of the Patching screen. For information on how to patch,
see Chapter 8 “Patching”.
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Scene and show management (automation)
= |

[

SIS @™ Automation

e e ————
Ol ey

Feal S v

Requested automation state

Typical Automation screens before (left) and after (right) a show has been initially loaded

>> To open the Automation screen >> To create a new show

Do one of the following: 1. Click NEW.

o Atthe GUI, choose home » Automation ™ Automation. 2. Inthe Enter new show name: window, type your chosen name for the
. I . . new show.

o Inthe primary navigation zone, press the automation/filing screen access

button. — e
Managing the shows pumm——]
The four buttons (NEW, LOAD, SAVE and SAVE AS) towards the top of ' [

Automation screen let you create a new show, load an existing show,
update the current show or create a new show using the current settings.

3. (Click OK. You can now create and manage the scenes for your new show.
Important: (Clicking CANCEL instead of OK will close the Enter new show name:

We recommend that you save your show settings regularly (see “Saving window without creating a new show.)

a show versus storing a scene” in chapter 5). The control centre will
indicate that there are show settings to be saved by changing the
background colour of the SAVE button to red (as shown below).

WSS Automation

A.Theeyeicon = inthe Automation screen (just under the ADD MIDI button)
opens a Show window, which contains a list of filter options.

BN Automation
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>>To save a show or create a new one from the current settings
Do one of the following:
« Toupdate the current show with the latest settings, click SAVE.

Tocreate a new show using the current show settings, click SAVE AS. Then, in
the Save File window, type in the name of the new show. Click OK to save the
new show and close the window. (Clicking Cancel will close the window
without saving the new show.)

>> To load a show
1. Click LOAD.

2. Inthe Load File window, click the show file you want to load (shown right).
The file name will appear in the Load this file: name field.

L-..—unh—u-—n—..__. —

 ——

3. The Load File window will contain a list of all the shows currently loaded. If
the one you want is not there, load it from a USB memory stick (see “To load
(import) a show file from a USB memory stick”).

4. (lick OK to start loading the file and close the window. The show file name
will appear in the show file name field (next to the SAVE AS button) when it
has finished loading.

Managing the scenes

An automation section in the master bay (see item H in Figure 5 “Main areas of
the control surface” in chapter 3) supports the Automation screen by providing
anumber of controls for scene navigation and management. A jogwheel and a
next LCD button are unique automation controls, while the store, ok, cancel,
last and now buttons are replicated on the Automation screen.

The four coloured, backlit buttons are context-sensitive and illuminate only when

they are available. Typically, three scenes in the cue list (Automation screen)
will be highlighted to match the button colours (red, yellow or green) to show
which scene each button will act upon.

The jogwheel quickly scrolls through the individual scenes in either direction.

You can even go to the empty scenes towards the end of the cue list and then wrap
to the beginning. Operation of the jogwheel does not affect scene selection.

The next LCD button displays information about the scene you have just
scrolled to.

Additional function buttons on the Automation screen allow you to copy
scenes and also to choose what is stored within each scene (store and recall
scope buttons).

>> To navigate the scenes using the jogwheel

Rotate the jogwheel in a clockwise or anti-clockwise direction to scroll through
the scenes one by one.

When using the jogwheel the next LCD button will illuminate yellow and will
track the scene currently highlighted in yellow in the cue list. In this case,
pressing this button will only have an affect if a non-empty scene is

currently highlighted.

>> Torecall a scene

Important:

When recalling a new scene, make sure monitor output levels are low,
as the new scene’s settings may produce higher audio output levels
than the one it is replacing. Also, recalling a scene clears any unsaved
adjustments made to the previous scene.

Do one of the following:

o Presslast to change scene selection to the one currently highlighted in red in
the cue list, which was the last selected scene.

o Press now to change scene selection to the one currently highlighted in yellow
inthe cue list.

o Pressnext (LCD button) to change scene selection to the one currently
highlighted in green in the cue list, which is the scene immediately following
the ‘now’ scene. However, if you have used the jogwheel the effect will
be different.

automation

>> To create a new scene using the current settings
1. Click STORE SCENE.
2. Inthe Store Scene window (shown right), type in the scene name.



69 PRO X User Manual

]
[

) -hnﬂ.‘ﬂtchuh

: Insert before scene -
Store to next scene

- i

L]
| Railway Station
Current as of August 12 Tuesday

e ot 20 A A T

3. Inthe Notes panel, type in any scene notes.
4. Do one of the following:

o (lick “Insert before scene” to put the new scene in between the one
currently highlighted in yellow and the scene immediately before it.

o (lick “Store to empty scene” to put the new scene in the one currently
highlighted in yellow, provided it is empty.

o C(lick “Store to next scene” to put the new scene in the next one,
provided it is empty.

o (lick “Overwrite scene” to overwrite the scene currently highlighted in
yellow.

An OK button will appear at the bottom of the window, to the left of the
Cancel button.

The options in the Store Scene window are context-sensitive, so some may be
greyed-out to show that they are unavailable.

5. Click OK. This will store the scene, saving any changes you have
made, and close the window. (Clicking CANCEL will close the window,
ignoring any changes.)

Additional control — managing events

You can use the MIDI or GPIO functions of the control centre to control the
parameters of an external device (outgoing), and conversely you can use an
external device to control the control centre (incoming). Also, by using the unique
‘internal’ event option, you can trigger events from within the showfile itself.
All this is done by creating events in scenes/point scenes.

You can have any number and types of events in any scene/point scene, and
event parameters are set up and edited in an Edit Event window. Similarly to
scenes/point scenes, you can skip events during rehearsals.

To aid event management, a menu opens (shown below) when you right-click a
scene/point scene or event. The menu options allow you to create, edit and
copy events. Click an option to select it.

| Paste

The following shows what some of the event symbols in the Automation
screen mean: = currently selected event; =Ml event;
= =GP0 event; @ =internal event; ® =incoming event; and

' = outgoing event.

>> To create an event

Select the scene in which you want to create the event, and then do one of the
following:

o (lickthe ADD GPI10, ADD INTERNAL or ADD MIDI button as necessary.

o From the right-click menu, choose Add ™ Midi Event, Add » Internal
Event or Add ™ GPIO Event as necessary.

>> To edit an event
1. Open the Edit Event window by doing one of the following:

o Right-click the event you want to edit and then choose Edit from the right-
click menu.

o Select the event you want to edit and then click EDIT.

2. Inthe Edit Event window, choose your options as necessary. For example,
you can use a program change to trigger the event.

3. (lick CLOSE to close the Edit Event window.
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>> To copy and paste an event

1. Right-click the event you want to copy, and then choose Copy from
the menu.

2. Select the scene in which you want to paste the copied event. Or, if the scene
already contains an event(s), select the event after which you want to paste
the copied event.

3. Right-click to open the menu, and then choose Paste.
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Show editor

The Show Editor screen lets you very easily copy and paste settings
through scenes.

The panel at the far left of the Show Editor screen shows the sources, such as
channels, GEQs and effects, from which you can copy the settings. The Sections
panel in the centre of the screen contains source sections that you can copy to the
scene(s). At the far right of the screen is the Scenelist panel, which is a cue list of
the current show. For details of the parameters per area, see Appendix P
“Parameters Copied Through Scenes”.
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Note: The number of inputs and matrices shown in the Show Editor screen are
dependent on the PRO Series type.

>> To open the Show Editor screen

Do one of the following:

o From the GUI menu, choose home » Automation » Show Editor.
o Atthe Automation screen, click SHOW EDITOR.

>> To copy and paste sections to a scene(s)

1. Inthe Show Editor screen, click the sources that contain the sections you
want to copy to a scene(s). These are in the far left panel of the screen.
You can choose any combination of inputs, aux returns, aux sends, matrices,
GEQs, effects and masters.

2. Inthe Sections panel, tick the boxes of the sections that you want to copy.
Ticked options will be copied.

3. Inthe Scenelist panel, click the scene(s) in which you want to paste
the sections. You can use the buttons at the bottom of the list to help you,
as follows:
o Click ALL to select all of the scenes in the list.
o Click NONE to deselect all selected scenes.

4. Click PASTE TO SCENES.

Configuring the inputs and outputs

Similarly to the VCA/POP groups, you can change the name and colour of each of
the inputs and outputs. This is done via the GUI at their respective sheet screens.
For configuration details, see “Configuring VCA/POP groups”.

>> To open the Input/Output Sheet screen

Do one of the following:

o Atthe GUI, choose home » Input Channels ™ Input Sheet to open the
Input Sheet screen, or choose home » Mix & Outputs » Output Sheet to
open the Output Sheet screen.

« Inthe primary navigation zone, press the inputs/outputs screen access button
to open the Input Sheet screen. To open the Output Sheet screen, press it again.
Using copy and paste

The copy and paste buttons (upper-right corner of GUI) let you copy the
parameters of one/all of a single channel’s processing area(s) — such as the EQ,
compressor, gate etc. — and paste them to one/all of the channels of a

similar type.

S Overview

o

copy and paste buttons on the GUI. Right-clicking a copy or paste button will
open its respective menu, which contains full copy/paste options.
>> To copy a processing area to a channel/all channels

1. If necessary, navigate the channel’s processing area to the channel strip
(see “To select a processing area” in chapter 7).

2. Click copy.
3. Do one of the following:

 Tocopy the processing area to another channel, select the channel and
then click paste. (As the copied parameters are still stored, you can paste
to as many channels as you want.)

o Tocopy the processing area to all other channels, right-click paste to open
its menu and then choose Paste To All.
>> To copy all parameters to a channel/all channels

1. Ifnecessary, select the channel from which you want to copy all of the
processing areas.

2. Right-click copy to open its menu, and then choose Copy All.
3. Do one of the following:

«  To copy the parameters to another channel, select the desired channel and
then dlick paste.

«  Tocopy the processing area to all other channels, right-click paste to open
its menu and then choose Paste To All.
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Copy and paste rules and restrictions

You can only copy and paste similar functions. For example, you can't copy the
input EQ from one channel to the output EQ of another, as they are different.

You can only copy and paste across similar channel types. For example,
you cannot copy from an aux and paste to a matrix.

o (opying and pasting across inputs is restricted to the input bays only.
o (hannel names are not copied.
o Compressor and gate side chain listen cannot be copied.

For details of the channel parameters that are copied across, see Appendix N
“Parameters Affected By Copy And Paste”.

User library (presets)

The control centre has a user library where you can store settings, such as for the
EQ or the whole channel. For example, you may wish to store the EQ settings of a
singer who may be called upon to perform during a future show. You can then
easily recall these EQ settings to the appropriate channel, when required.

The settings are stored as presets, which are saved in a library. The library files
are managed via a Preset Manager screen on the GUI. Here, you can create new
libraries, load existing libraries, save the current library or give it a new name.
You can also delete presets from the library.

Before you can save/load a preset, you need to create a new preset library or

open an existing one. To create a new one, open the Preset Manager screen
(choose home » Preset Manager) and click New. Then, after typing in the
details in the Enter new Library name window, click OK.

>>To save a preset to the user library

1. Make sure that the settings you want to save are assigned to the channel
strip, then click store preset. If the channel’s overview is displayed, all of
its settings will be saved in the preset. Otherwise, just the settings of the
displayed processing area will be saved.

2. Inthe Save Preset window (shown below), type in your chosen preset

name (Preset Name), your name (Preset Author) and any note (Notes)
as necessary.

Preset Type : Channel Name Sheet

Preset Name
[Name ]

Preset Author
[Default user

E s

3. (Click OK.

>>To load a preset

1. Make sure that the channel in which you want to load the settings of the
preset is assigned to the channel strip, then click load preset.

2. Inthe Load Preset window, click the desired preset.
3. (lick OK.

Surround panning

In addition to stereo and leftcentre- right (LCR) panning, the control centre has
three surround panning modes: quad; left, centre, right and surround (LCRS);
and 5.1 surround.

L C R

Position cursor

Listener’s position

Sound image

Speaker

RL RR

To help you visualise the surround panning envelope, the masters processing area
of the GUI channel strip has a spatial diagram (shown right) that updates in real
time when you operate the panning controls.

The surround panning modes are operated via a surround monitoring system,
which uses matrix channels 1 to 6 as the surround bus channels. The channels
are muted via six MUTE buttons in the master bay. Control centre monitor
output connections are via the surround, sub, centre and front XLRs on the
rear panel.

The 5.1 panning mode uses all six channels, while quad mode uses four (left

and right on both the front and surround). Although the LCRS mode uses five
channels (front left and right, centre and surround left and right), both surround
channels are the same. (In an LCRS surround panning arrangement, you can have
asingle surround speaker positioned directly behind the listener.)

In surround mode, the SIS button routes the channel to the surround buses in
much the same way that the ST button routes to the master buses.

Figure 18 “5.1 surround panning arrangement” shows the location of the
surround MUTE buttons and their matrix channel allocation, and shows the
allocation of the surround MUTE buttons per loudspeaker and the recommended’
5.1 surround system configuration.

>> To select the surround panning mode

1. AtaGUIscreen, choose home » Preferences ™ General to open the
Preferences screen.

o Click the Show tab.

2. Inthe Surround Mode section, select the desired surround mode.

1 Reference - ITU-RBS.775.1, 1994. Multichannel stereophonic sound system with and without accompanying
picture. International Telecommunications Union.

(EN



EN)

72

PRO X User Manual

o[ L

4

surround

only

(front) (centre) (LFE) (surround)

Matrix channels

— Subwoofer
{front)
Cer|1tre
Front left Front right
/
L = | )_—'_kl )
! \ =0" | =08 surround
/ only
' {centre) (LFE)
110° £109 \ | / 110° £10°
Loudspeaker ! @ \
= ) ~
/ ~
Listening -
Rear left distance
(left surround) N . Rear right
right surround
\ . / (rig ) (surround
~ _ v _—

Figure 18: 5.1 surround panning arrangement
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Two-man operation

The control centre can be operated by two people simultaneously. In this mode
of operation the 4-channel input bay is designated as area B, and operates
independently of the 12-channel input bay, which is always area A. (You can have
the same channel selected simultaneously in both bays.)

This feature can also be used by a single operator if they require somewhere to store
important channels. In this case, area B can be used in the same way a ‘channel 25’
would be used on an analogue console.

The following diagram shows the areas designated as A and B during two-man
operation and also shows the location of the area B button. All other parts of the
control surface are common to hoth areas.
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Figure 19: Two-man operation

VCA/POP groups can be pre-selected to populate area A or B, and a single group
of inputs can have members in both areas of the control surface. An operator can
then recall them to their own area to work on.

Note: When operating in area B, remember to select the B option, where
appropriate, particularly in the monitor section. Also note that solo B (also for
talkback) is totally independent of area B, which is used for navigation only.

>> To set up the control centre for two-man operation

In the input select section of the master bay, press B (see Figure 19 above).
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Saving your show files to a USB memory stick

When you are satisfied that your show file is how you want it, we recommend
that you save it to a removable storage device (USB memory stick). This provides
avaluable back up should the show file stored in the internal memory of the
control centre be lost, for example, due to inadvertent deletion.

You can also load show files onto the control centre from the same storage device.

>> To save (export) a show file to a USB memory stick

1. Ifnecessary, close and save the show file you want to export; you can’t
export a show file that is open.

2. Insert the USB memory stick into the active USB socket, which is the one
with the flashing active LED. For example, USB key 2 (shown below).

o ol

il usB key1
[} active @

R

USB memory
stick

ATl

o0
50 on 30ugy

3. Do one of the following:
o Atthe GUI, choose home » Files.

« Inthe primary navigation zone, press the automation/filing screen
access button twice.

External AES50 synchronisation

4. Youmay see an “Analysing...” message in the Removable Storage panel,
which means that the MIDAS folder on the USB memory stick is being read.
Wait for the message to clear. Then, in the Control Surface panel, click the
show file you want to copy (shown below).

Click EXPORT.

6. Inthe Are You Sure you Want To Export? message window, click OK.
The file will start copying to the USB memory stick.

7. When your show file appears in the Removable Storage panel, it has
finished copying to the USB memory stick. Remove the USB memory stick.

>> To load (import) a show file from a USB memory stick

The procedure is similar to the export procedure, as detailed in “To save (export)
a show file to a USB memory stick”, but select the file to be imported to the
control centre from the Removable Storage panel and then click IMPORT.

If you want to connect AES50 audio between two MIDAS digital consoles the slave console must be set to external AES50 synchronisation, irrespective of the

synchronisation source of the master console.

Description
Console 1 sync setting Master Word clock AES3 AES53 External AES50 from console 1
Master Not valid Not valid Not valid Valid connection
Word clock Not valid Not valid Not valid Valid connection
AES3 Not valid Not valid Not valid Valid connection
E:rt‘i;l;:IZAESSO from Valid connection Valid connection Valid connection Not valid

Avalid connection can be a tie line between the stage routers or the secondary port (Bx/By) of a mic splitter that has its primary port (Ax/Ay) connected to the master console.
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Security (locking mode)

If you need to leave the control centre unattended, but you want to preserve

its current state of operation, you can lock it via the GUI menu. This will prevent
unauthorised adjustment of its settings. When locked the GUI displays the
‘splash’ screens (shown during the start up sequence) and none of the controls on
the control surface will function; the control centre will be totally locked out.

>> To lock the control centre
At the GUI, choose home » Lock.

>> To unlock the control centre

At the GUI, click UNLOCK. This button is in the lower-left corner of both GUI
screens. For security, this button has been designed to blend in with the
background to disguise it. When unlocked, the control centre will revert to the
state it was in the last time it was locked.
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Advanced Operation And Features

Chapter 10: Stereo Linking

By default, all of the channels of the PRO X Control Centre are mono (unpaired).
However, adjacent channels can be linked together to form a stereo pair, which is
known as “stereo linking” (or “channel pairing”).

You can choose which controls/parameters are linked across the channel pairs.
The default settings specific to each channel type can be altered globally via
the Preferences Link screen (see “To set the global default stereo linking
options” in chapter 18). However, these can be overridden from the Stereo
Linking Options window on per pair basis (see Figure “Linking the master
channels” in chapter 19). For details of the stereo linking control areas available
for each channel, see Appendix O “Parameters Affected By Stereo Linking”.

When paired, the controls for each signal path act simultaneously on both the
left and right signal paths. Individual trims, for example, adjusting the mic

amp gains to balance stereo mix inputs, can be applied to the left and right
audio paths individually. The channels are not truly mono at this time, and any
settings necessary to preserve the audio prior to trimming, such as dynamics side
chain linking, are maintained.

When linking previously unlinked channels, some normalisation of the
prospective left and right control settings, which may be quite different,

is required. The PRO X does this by automatically copying the control settings

of the left channel (with the exception of the pan controls) to the right channel.
The pan controls, depending on whether they are in the left or right audio paths,
should be manually set to hard left or hard right, respectively.

>> To link two channels

1. Assign the configuration processing area of the desired input channel
(left channel of pair you want) to the GUI channel strip by doing one of
the following:

« Foraninput channel, press the quick access button in the gain trim section
of its fast strip. If necessary, navigate the channels to the control surface.

«  Foran output channel, press the quick access button in its fast strip.
If necessary, navigate the channels to the control surface.
2. Atthe GUI, click the LINK button. This is located towards the top of the GUI
channel strip in the configuration processing area.

3. Intheleft channel of the linked pair, set the pan control knob fully
anti-clockwise.

4. Intheright channel of the linked pair, set the pan control knob
fully clockwise.

Changing the linking options

You can choose which control options will be linked across the channel pair,
either globally or on a per pair basis. The per pair settings always override the
global ones. For details of the linked parameters for each section, see Appendix 0
“Parameters Affected By Stereo Linking”.

>> To set the global default stereo linking options

1. Atthe GUI, select home » Preferences ™ General and then select the
Linking tab.

@™ Preferences Link

N

Ina channel section, select the desired default stereo linking options and
then click the Change Existing button directly underneath.

Repeat as necessary for any other channels.

Selected control options will be linked across the channel pair of the
appropriate type. Unselected controls remain independent on each channel.

>> To set the stereo linking options for a channel pair

1. Make sure that one of the paired channels is selected and its configuration
processing area is assigned to the GUI channel strip. Then, in the GUI
channel strip, click the LINK OPT. button to open the Stereo Linking
Options window.

2. Select the controls that you want linked across the channel pair. A typical
Stereo Linking Options window is shown below. The active options will
be channel dependent.
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3. Click CLOSE.
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Linking the master channels

You can link the left, right and centre master channels in a two-way link (left
and right) or even a three-way link (left, centre and right), both of which use the
linking parameters set for the left master channel.

>> To link the left and right master channels

1. Inthe left master channel (control surface), press its quick access button
(just above the fader) to select it.

2. Setthe stereo linking options for the left master channel, see “To set the
stereo linking options for a channel pair”. These settings will apply to the
linked stereo pair.

3. Click LNK.

>> To create a three-way master channel link

The centre channel can only be linked to a left/right master pair. If necessary,
link the left/right master channels (as detailed above). Then, click LNK in the
configuration processing area of the mono master channel.

Link Matrix to stereo/mono fader

Any Matrix can be linked to the Stereo or Mono master fader for direct control.
If a Matrix is linked to the Stereo Master, it will follow the stereo fader level.
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Chapter 11: Panning

The PRO Series Control Centre has two main types of panning mode, default and
surround. The default mode comprises stereo and LCR panning formats, and only
uses the channels for the front loudspeakers, while the surround mode includes
channels for the rear surround loudspeakers.

The following table shows the panning formats available on the PRO X.

Table 7: Panning formats

Panning No. of
mode channels Format Channel type
Default 2 Stereo LR
3 LCR (SIS™) LGR
Surround 4 Quad LR, Lr,Rr
4 LCRS LGRS
5 LCRS LCRSL, G, R, Ls, Rs
6 51 L, GR, Ls,Rs, LFE

Key: L = left; R =right; C= centre; Lr = left rear; Rr = right rear; Ls = left surround;
Rs = right surround; S = surround; LFE = low frequency effects (usually handled by a subwoofer)

Stereo panning
The control surface controls for stereo panning are located in the masters
section of each input fast strip and each channel strip.

The pan control associated with the masters section may be switched for either
conventional or spatial imaging system (SIS™) stereo operation by using the ST or
SIS switches, respectively.
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SIS™ (LCR) mode

The MIDAS SIS™, which is used for left-centre-right (LCR) loudspeaker systems,
configures the channel for LCR mixing. The SIS switch activates the spatial
imaging system, which uses the SIS image control knob to modify pan control
knob operation so as to place the channel within a three-speaker system.

With the SIS image control knob set fully clockwise or anti-clockwise the image
is full LCR or stereo, respectively. Control knob positions in between generate a
composite blend of stereo or LCR panning systems, so that optimum degrees of
centre image focus and speaker power can be obtained. This is illustrated in the
following subsections, which shows the masters section in the channel strip.

Constant power is maintained at all times so that the image can be adjusted
during the show without a perceived change in level.

SIS image control knob fully clockwise (LCR)

With the SIS image control knob fully clockwise the pan control knob operates
in full LCR mode. A centre-panned signal, that is, with the pan control knob set
to the ¢ position, routes to centre speaker only; there is no signal in the left and

right speakers.
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SIS image control knob fully anti-clockwise (stereo)

With the SIS image control knob fully anti-clockwise, the pan control knob
operates as stereo. A centre-panned signal routes to the left and right speakers at
equal power.
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v Right
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SIS image control knob centred (equal power)

With both the SIS image and pan control knobs centred, the signal is routed to
all three speakers with equal power.

E Centre

masters

ST

"c~
o d

sis
t‘u‘s
P @
’
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Surround panning

There are three surround panning modes: quad, LCRS and 5.1. These are assigned
on a channel wide basis, that is, if the control centre is in 5.1 all channels are

in 5.1. This allows control and distribution of the three surround formats without
re-patching. The same applies to monitoring.

Table 8: Surround panning bus routing

For more information on surround panning, see “Surround panning” in chapter 9.

For information on the set-up for each mode, see Figure 31 “Connections

for a quad surround system (with recommended speaker set-up)”, Figure 32
“Connections for an LCRS surround system (with recommended speaker set-up)”
and Figure 33 “Connections for a 5.1 surround system (with recommended
speaker set-up)” in chapter 29.

Buses Matrix 1 Matrix 2 Matrix 3 Matrix 4 Matrix 5 Matrix 6

Quad Left Right None None LS RS

Surround Left Right Centre None S (same as Matrix 6) S (same as Matrix 5)
5.1 surround Left Right Centre Sub LS RS

Monitor ALeft ARight Centre Sub B Left B Right

Simultaneous generation of stereo masters, mono masters, stereo auxes, mono
auxes, stereo matrices and mono matrices (excluding buses 1 to 6) is possible in
all surround modes. However, SIS™ panning to masters is not possible.

Operation of the monitor system in surround or stereo is a mode selection that
can be made independently or in conjunction with the surround bussing on the
control centre, that is, you can still monitor and solo in stereo, even if you are
producing a 5.1 mix.

monitor b assignable monitor a
T outputs _] outputs r outputs T

@® @ @ @

right [ITTTI left

Surround panning connectors on rear panel of PRO Series Control Centre

Left/right panning control utilises the normal stereo pan pots. Front/back
panning is made possible by taking over the mono level/SIS image control knob
on the control surface (masters section of each channel strip).

Trackball panning and external devices that operate the GUI pointer can also
operate the surround panning on a selected channel.

Bus routing to the six surround matrices remains unchanged, that s, it will be
possible to route and place an image anywhere within the surround stem from
inputs, auxes, aux/group buses and master buses.

Input of pre-recorded surround material is possible from the direct inputs to the

six matrix buses (with no panning available).

No fold down facilities are implemented for externally inputted surround
material. However, a stereo mix can be monitored by switching the monitor
section back to operate in stereo mode sourced from the stereo masters rather
than the six surround matrix modules. This requires an identical stereo mix to be
built at the same time the surround mix is generated, which is normal practice.

When monitoring in surround formats the monitor centre and sub speakers are
muted via the assignable stereo output mutes, while the front and surround
speakers are muted via the A and B monitor mutes.

In normal stereo mode, two assignable outputs — typically the main stereo
left and right — can be patched to the centre and sub XLRs to free up eight bay
modules I/0.

>> To select a surround panning mode

1. Atthe GUI, choose home » Preferences ™ General.

2. (lick the Show tab.

3. Inthe Preferences Show screen, in the Surround Mode section, , click your

chosen surround mode. For example, “5.1”. The currently selected mode
contains a red circle.

Surround Mode

(EN
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About the controls in surround mode

When the PRO X is configured to operate in one of the surround panning modes, the spatial diagram that appears in the GUI channel strip gives you a visual
representation of the sound image in relation to the speakers (as viewed from above).

None Quad

@™ Conso|
INT Mic

N

uhbhw

6

An example of each surround panning mode, as displayed in the GUI channel strip. Although the example shows input channels, this is typically the same for the outputs.

Item Description

1 fb pan control knob, moves position cursor in spatial diagram
up/down.

5 Left-centre-right control knob, moves position cursor in spatial

diagram left/right.

front control knob, adjusts the divergence of the

Table 9: Fader parameters with surround panning on/off

3 front speakers.

4 front to back control knob, adjusts the divergence of the
front and rear speakers.

5 back control knob, adjusts the divergence of the rear speakers.

6 centre level control knob, adjusts the divergence of the
centre speaker.

7 LFE level control knob, adjusts the signal level of the LFE

(usually a subwoofer).

# Although the position cursor changes automatically according to the adjustment
of the surround panning controls, you can also adjust it on the spatial diagram of the
GUl using drag.

The following table shows the fader parameters with None selected as on/off
in the Surround Mode section of the Preferences screen (see “Setting the
configuration preferences” in chapter 27).

None mode None mode
Parameter off on Notes

If left or right
channel has SIS on,

Level level is image.

Yes Yes

(fb pan) In other surround
modes, level is front/
back pan.

Image

(fb pan) Yes Yes See above

Pan Yes Yes See above

Divergence

(front to Yes N/A N/A

back)

Divergence

(front) Yes N/A N/A

Divergence

(back) Yes N/A N/A

Centrelevel | Yes N/A N/A

LFE level Yes N/A N/A
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Speaker placement

As the placement of loudspeakers is very important for accurate mix monitoring — especially for multi-channel mixing for surround sound — you should consider

speaker positioning, angling and level calibration when setting up your monitor system. If necessary, consult the manufacturer of your monitor system for their
recommended surround formats.

. , A = 30° for stereo (LR) and 45°
( Listening for all other panning modes
distance )

Typical examples of loudspeaker placements for each panning mode (see Table 7 “Panning formats” in chapter 19). Please note that these are only an approximation and
should only be used as a quide.

Note: LCRS has a mono surround channel, which is often fed to two rear ‘satellite’ speakers.

(EN
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Chapter 12: Soloing

With solo you can isolate the sound from a single channel, which is helpful in
fault finding and when equalising a signal. Pressing a solo button cuts all signals
routed to the monitor output, except the one local to the solo button (mix minus
is bus mode of the aux outputs, and does not affect the solo buses — if you solo
an aux in mix minus mode, you still only solo that channel). So, you can monitor a
signal at a level proportional to its level in the mix, in the same stereo position in
the mix and with the same reverberation as in the mix.

The PRO X Control Centre has two independent solo systems, solo A and solo
B. Both have monitor and headphone outputs, and both can be used to PFL or
AFL signals from the same sources throughout the control centre. This flexible
solo bus configuration makes soloing of three-way monitor mixes — in-ears
going to solo A and wedge going to solo B— possible and also greatly
enhances the usefulness of the control centre for dual (two-person) operation
(independent soloing).

Note: Solo A and B are not to be confused with area A and B (as in dual operation)
and monitor A and B.

Using solo A/B

With solo A/B on, solo goes to the selected solo bus with the
following conditions:

o Ifthe solo button is pressed only for a short time, the soloing to the selected
solo bus remains active when the button is released. If the solo button is held
down, the soloing to the selected solo bus is cancelled when the button is
released.

o Pre-faderaudio is sent to the selected solo bus if the associated PFL control
for that bus is active. Post-fader audio is sent to the selected solo bus if the
associated PFL control is inactive.

Unless multiple solo activations to the same solo bus are concurrent, the solo
activation that occurred last — while the respective solo add mode (A or B) is
inactive — cancels all earlier solos to the same bus before it activates.

o Solos can also be operated from a VCA master when the channel to which they
belong is a member of that VCA. This s in addition to the local operation.

o Pressing the solo clear button associated with the solo bus (A or B) they are
sending to will clear active solos.

 Asolo hierarchy exists for each of the solo buses in the control centre (see
“Solo hierarchy”). Activating a solo with a higher precedence in the hierarchy
deactivates all solos with less precedence and inhibits them from being
operated. As soon as the higher precedence solos are cleared, the stages of the
inhibited solos are restored and they resume normal operation.

Some modifications to this hierarchy are possible. For example, mix buses
can be used as sub-mixes (hierarchy is as described) or outputs (having same
precedence as master outputs).

o Pressing ADD (solo A/B) off cancels all solos.
«  Soloing inputs and outputs (with solo add switched on):
o Withany inputs active, you can't solo outputs.

o Withany outputs active, pressing an input solo overrides (cancels) the
output solo. Then, if you cancel the input solo(s), the output solo(s) returns.

The effects of using the solo A and B buttons in combination are shown in the
following table.

Solo A SoloB Effect

off off iSnoloopg(r)aetsi ;:)Lthe A bus, but there is no solo
On off Solo goes to the solo A bus.

off On Solo goes to the solo B bus.

On On Solo goes to the solo A bus.

The effects of using the solo destination controls are shown in the
following table.

Table 10: Solo A/B destination controls

Control

Description

PFL direct input

Direct inject to solo A from linked control
centre, active only while solo A is PFL.

AFL direct input

Direct inject to solo A from linked control
centre, active only while solo A is AFL.

Mono summed direct output from solo A for

PFL direct output linking to another console.

AFL direct output Stereo direct output from solo A for linking to
another console.
Disables self-cancelling solo A/B solos.

Solo add:

« On (additive solos)
« Off (self-cancelling solos)

(When self-cancelling solos are selected,
that is, with solo add mode off, the solo
being cancelled should be deactivated before
activating a new solo.)

Solo clear:
« On (some solo A solos)
« 0ff (no solo A solos)

Single button clearing of currently active solo
A/B solos.

Solo PFL:
o PFL (solo pre-fader)

o AFL (solo after-fader)

Switch all current and future solo A/B
activations to send the solo A/B bus pre-fader.

Solo in place (SIP):
o On (SIP active)

« Off (SIP inactive)

When active, SIP mutes all channels except
the one being soloed. However, the audio

of the soloed channels is still placed on the
monitor outputs. For more information on SIP,
see “Solo in place (SIP)".
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Solo hierarchy
The solo system add-mode hierarchy works as follows:

The highest level of solos will be the inputs and returns. When active, these will
override and inhibit the remaining solo sources (auxes, matrices and masters).

Within the constraints of the two-level solo hierarchy, only one source can be
active on any channel at any instant:

o Input channels: Input channel <--> Aux AFL <--> Direct out <--> Side
chain listen

o Return channels: Return channel <--> Directin

o Auxbuses: Aux bus <--> Direct in <--> Side chain listen

o Matrix outputs: Matrix bus <--> Direct in <--> Side chain listen

o Master outputs: Master bus <--> Direct in <--> Side chain listen

An additional constraint is placed on the side chain listen. This is due to

the nature of the DSP, where only one side chain listen can be active on the
control centre at any time, regardless of whatever else is active in the same
solo hierarchy level.

If an input channel solo is active via a VCA master solo, soloing the input
temporarily overrides the VCA master solo. However, soloing a direct input or
AFL solo on the same channel or a side chain solo on any channel, cancels both

the input solo on that channel and any VCA master solos to which the input
channel is assigned.

Solo in place (SIP)

By using solo in place (SIP), you can cut all channels from the main mix (except

soloed ones) by pressing a solo button. SIP lets you check the contribution
from soloed channels at the actual levels they occur in the mix, that is, taking
into account the main fader setting. If solo buttons cut the main output (main
mix) they must only be used in rehearsals. Sometimes, SIP selection buttons
are disabled during recording (solo safe) or revert to AFL (only affects monitor
outputs). See “solo system section” in chapter 14.

To prevent accidental SIP activation, the SIP button has a hinged clear plastic cover

that has to lifted up before you can operate it.

For SIP purposes, master outputs can be the main master bus or, if configured,
a multi-channel output mix.

To be eligible for SIP muting, channels must be input channels and set up to solo
to the solo A bus; channels with any other combination cannot be subjected to SIP
muting. Channels eligible for SIP muting that are currently or subsequently muted
by a means other than SIP (that is, local button press, auto-mute or scene recall)
remain muted, regardless of the SIP status. On removal of the overriding mute,
the mute is restored according to the current SIP status, see Chapter 13 “Muting”.
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Chapter 13: Muting

You can interrupt (mute) the output signal of a channel. This is generally used for
backstage mics, guitar switch over etc. Channel mutes can be activated by any of
the following, which (except the VCAs) mute the channel outputs and update the
channel mute status indicator:

Local MUTE button press.

Auto-mutes (mute groups/control groups) — see “Auto-mute (mute) groups”
in chapter 17.

VCAs — see “VCA and POP groups” in chapter 17.

Scene recall (automation) — see Chapter 20 "Scenes And Shows
(Automation)" in chapter 20.

SIP— see “Solo in place (SIP)” in chapter 11.

To see which outputs are affected by channel muting, refer to Appendix B
“Functional Block Diagrams”.
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Chapter 14: Monitors
And Communications

This chapter describes the monitoring and communications functions of the
PRO Series.

Monitors (A and B)

To match the two-bus solo system there are two monitor outputs, A and B, which
control their respective output levels. These are controlled from the monitor
section on the master bay (see Figure 20 “Monitor A and B strips”). Each monitor
output has:

Theability to monitor mono and stereo outputs, and an external input.
o Anexternal talkback input.

o Alocal monitor output.

o Aheadphone output.

o Delay compensation.

«  Control of the solo buses.

o Stereo GEQsfor AandB.

Figure 20: Monitor A and B strips

Although the capabilities of both monitors are the same, monitor A is the primary
output. They both have a fader control, and there are six balanced XLR outputs

on the rear panel (see “Monitor and assignable outputs/surround section”

in chapter 29).

The monitor output controls do not have support from the screens and are not
affected by automation.

The analogue section of monitor has six balanced XLR outputs. These feed the six
speaker XLRs and two headphone sets. Monitor inputs are fed from the router/line
170 module that contains digital solo source signals etc. converted to analogue,

as selected on the control surface.

Only the meters have GUI support. The monitor a and monitor b meters monitor
the peak signal levels of stereo left and right for both monitor paths. The metering
capabilities of both monitors the same.

>> To switch control of headphones to fader Press (/0.

copy - paste -

500 mS

tal < mic

1033830 d a8
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Item Element Description

1 Monitor strip | Monitor a strip.

2 Monitor strip | Monitor b strip.

3 Meters monitor a and monitor b output panel meters.

4 Output monitor a and monitor b output panels.

panels

5 Meters left and right meters for monitor a.

6 Meters left and right meters for monitor b.

7 Fader Non-automated fader for control of monitor A
speaker level from -co to +10.
fader switch that switches control of output on

8 C/0 switch headphones to fader to allow fader control
of headphones.

9 DIM button | Dimsmonitor signal output level by 20dB on monitor

10 MUTE button Thisis a hea@phones mute button that mutes the
headphone jack.
Adjusts headphones level, in the range infinity (co)

1 Control knob to +10dB.

Delay (GUI only)

You can delay each monitor output signal (A and B) individually by up to
500 milliseconds (ms). This is done via the two delay sections in the
Monitors screen. This function does not have support on the control surface.

2
3
Monitor A and B delay sections on the GUI
Item Element Description
1 Control knob Adjusts the monitor output signal delay in the
range Oms to 500ms.
5 Up/down Provide finer adjustment of the monitor output
spin buttons | signal delay.
3 ON switch Switches the delay on/off.
4 Delay value | Show the current delay value in milliseconds (ms)
boxes and metres (m).

Solo system

solo a and solo b system sections allow solo signals to be selected independently
for each monitor system (A and B). These can be selected as AFL (PFL extinguished),
PFL (PFL illuminated), additive (ADD enabled) or interlock cancelling.

The monitor outputs can be configured for different uses:
e normal

o dual operation

o LCRmonitor

o broadcast

o userdefined

Each of these modes changes the interleaving logic between differing areas of
the monitor output. A mode select button scrolls through the possible options.

Additionally, there is a solo in place switch for activating the SIP function.

SIP switch

mmmmm 2

LT L L
LLCLUETTTY

Speaker swap | |
switch

Solo system
sections

| REEEHHEE

Solo system controls on the control surface and GUI
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solo in place (SIP)

The solo in place (SIP) switch puts the control centre in SIP mode. In this mode,
pressing a SOLO button in an input fast strip activates a mute of all other
channels by temporarily overriding the primary source selection, assuming it is
set to the appropriate monitor (A or B); talk back remains unaffected.

LI

J~n 8 Nels

solo in place

When SIP is switched on, all unsoloed inputs are muted, except the auto-mutes.
With SIP in operation, pressing a SOLO button in a VCA section (for a group) solos
all group members, while muting non-group members. When SIP is switched
off, any solos are kept active but the mutes are removed (except the ones with
auto selected, which are left alone).

As this is an important function that may have detrimental consequences, the
button on the control surface is protected by a plastic cover to prevent it being
inadvertently switched on/off.

You can protect a channel from this function by switching on its mute safe (see
“Safes” in chapter 30).

>> To activate SIP
1. Do one of the following:

« On the control surface, lift up the cover of the solo in place button and
then press the button.

o Atthe GUI, choose home » Monitors. Then click solo in place.
2. Inthe “Activate SIP ?” message window, click OK.

>> To deactivate SIP
Press/click the solo in place button (control surface or GUI).

Swap speakers

The C/0 (a/b speaker) switch (control surface only) swaps speakers A with
speakers B. The button’s LED illuminates when the B set of speakers are on.

a/ b speaker

Monitor output (a and b) sections

The monitor output sections — output a and output b — have common
controls for the monitor A and B sections. The monitor’s output level is controlled
by a non-automated fader, a DIM switch and left and right mutes (see Figure 20
“Monitor A and B strips”).

output a
sumto  right

output b
sumto  right

(press both to swap) (press both to swap)

The buttons in each output section have an integral LED for on/off indication, and
have the following functions:

e MONO/[MON] switch, sums left and right signals, but with a =3 dB loss. With
0 dB on monitor A left and nothing on monitor A right, pressing MONO gives
-3 dB on both monitor A left and monitor A right. However, with 0 dB on both
monitor A left and monitor A right, pressing MONO gives +3 dB on them both.

o/[PHS] phase reverse switch, reverses the phase of the right monitor signals.

o  LEFT/[LFT] and RIGHT/[RGT] switches, route left and right monitor signals,
respectively, to both left and right monitor speaker outputs. These switches
can be used in combination, as shown in Table 11 below.

Table 11: Monitor signal routing

LEFT RIGHT
button button Monitor signal routing
Left and right monitor signals are routed normally,
off off that is, left monitor signal is routed to the left
monitor speaker output, and the right one is
routed to the right monitor speaker output.
Left monitor signal is routed to both of the monitor
On off
speaker outputs.
Right monitor signal is routed to both of the
off On .
monitor speaker outputs.
Left and right monitor signal routing is
on on swapped over, that is, left monitor signal is routed
to the right monitor speaker output, and the right
one is routed to the left monitor speaker output.
Sources

The source a and source b sections contain monitor input selector switches.

On both the A and B systems, these define the source for the monitor section
from the possible ‘primary’ choice of stereo master (ST), mono master (MONO) or
external (EXT). Additionally, each section has a talkback switch.

source b

source a

source b
talk back

source a
talk back

A sT) B sT

EXt | MonN B | mMon

The function of the buttons in each source section is as follows:

o TALK/[A and B] switches, sum the talk back signals to the solo bus. The talk
mic section (see “Talk mic” in chapter 24) has a level control knob that is shared
between the two monitor paths.

o STswitch, routes post-fader stereo master mix to stereo local monitor outputs.

o EXTswitch, routes stereo external input (two-track return etc.) to stereo local
monitor outputs.

o MON switch, routes post-fader mono masters mix to stereo local
monitor outputs.

(EN
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Solos

The solo signals can be selected for each monitor system (A and B) to be AFL, PFL,
additive or interlock cancelling. PFL and AFL audio buses may accept injected
external signals, and two control knob level controls make adjustments.

PFL and AFL levels are adjustable via the pfl level and afl level control knobs;
see “solo system section”.

The function of the buttons in each solo section is as follows:

o PFL switch, sends mono pre-fader listen (PFL) solo bus signals to
headphones and local monitor outputs. With PFL switch disabled
(LED extinguished), stereo after fader listen (AFL) solo bus signals are sent to
headphones and local monitor outputs.

o ADD switch, allows multiple channel access to solo buses. When solo
add mode is off, pressing a solo switch cancels any currently active solos.
Multiple solos (for example, stereo left and right signals) can be monitored
in this mode provided solo switches are pressed at approximately the
same time. When solo add mode is on, auto-cancelling is defeated, which
allows multiple channel or output soloing. In this mode, input solos have
priority over output solos and VCA solos, and will temporarily override them.
When input solo is cancelled, output solo or VCA solos will return.

o CLEAR switch, illuminates when a solo switch is active in its monitor
section and, when pressed, clears any solo switches in that section.

Solo mode

On the GUI, the solo mode section has a select button by which you can cycle
through the solo mode options to select the one you want. Each option has an
LED that illuminates when its option is selected.

internal external

solo mode

@ normal

s dual op.

% lcr mon.

The options are as follows:

o normal — both solo systems (A and B), are active and behave as a single
solo system.

o dual op. — in dual operator mode, both solo systems (A and B) are totally
independent of each other. The solo B button, in addition to routing the
soloed material to monitoring system B, determines which set of PFL, ADD
and CLEAR controls (see “solo (a and b) sections”) are applied to the solo.

o lcr mon. — left-centre-right monitor mode is similar to normal mode, but
when nothing is being soloed the left and right masters are routed to the
monitor A output and the mono master is routed to the monitor B output.

Pressing any solo switch on the control centre temporarily overrides the
selected primary source selection, while the talk assignment is unaffected
(this signal is summed further down the signal path, so as not to affect the
monitor meters).

Each mode changes interleaving logic between different areas of
monitor output.

o broadcast — routes stereo masters to the monitor A output and activates
all the solo B controls so that soloed material is routed to the monitor
B outputs. This allows the master outputs to be continually broadcast
(probably the on-air program), while the other material is soloed.

o user def. — in user-defined mode, you can set up the monitoring
system. These settings are recalled on return to this mode after using one
of the other solo modes, for example, normal mode or broadcast mode.
(User defined monitor settings are not stored in scenes or show files.)

o surround — all levels are controlled from the channel A fader.

Solo system
The solo system section has three control knobs, as follows:

solo system

* %0 " =0

L4 . L4 A L4 \}
L] | B | " / [}
‘ ’ ’ ‘ ’
oo +10 © +10 © +10
talk back

pfl level afl level

10 10 10

pfl level afl level talk back

o pfllevel control knob — PFL audio bus may accept injected
external signals. This control knob adjusts the pre-fader level in the range
infinity (co) to +10 dB.

o afllevel control knob — AFL audio bus may accept injected external
signals. This control knob adjusts the after-fader level in the range infinity
(00) to +10 dB.

o talk back control knob — adjusts the talk back level, in the range infinity
(00) to +10 dB.

The following four sections in the Monitors screen allow you to patch the solo
system signals.

o talkbackinput

o pfldirectinput

o afl directinput left
o afl direct input right

For routing details, see Table 25 “Navigating to the Patching screen”
in Appendix J.
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Signal generator <EN
The signal generator section can output to pink noise (pink noise generator) or sine wave tone (sinusoidal oscillator), and connect to the internal and external talk buses.

@™ Monitors

signal gemerator

a B

l signal g¢nerator
- no - n
L/ ‘. PINK L4 A Y
:\a [ X 1
4

+ ’
SOHz  SkHz

frequency

osc

internal external

Signal generator controls on the control surface and GUI

Item Element Description
1 frequency/[freq] control knob Gives continuous adjustment of the sinusoidal oscillator frequency from 50 Hz to 5 kHz.
2 1 kHz/[1K] switch Overrides the swept frequency control (item 1) and provides a fixed 1 kHz tone.
3 PINK switch Overrides the sinusoidal oscillator and converts output signal to pink noise.
4 0SCswitch This 0SC external switch connects signal generator output to talk external output XLR.
This 0SCinternal switch connects signal generator output to the control centre’s internal talk and talk
. select buses. The internal talk bus can then be mixed onto any of the control centre’s buses by pressing
5 0SCswitch . . . . . "
the internal talk switches associated with those buses, or mixed onto a group of buses by activating an
internal talk group (see “Talk osc/routing”).
6 level control knob

Gives continuous adjustment of signal generator peak output signals from off (4) to +10 dB.

The 0SCswitches (internal and external) are the talk routing switches.
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Talk osc/routing

The talk / osc routing, or ‘internal talk groups’ section, sends signal generator and talk mic signals to buses within the control centre. It contains eight talk group
switches used for selecting the destination of the talk and 0SC internal signals. Four of the talk group switches are user-configurable. The GUI has an additional four

configuration (CONFIG) switches for programming.
For information on programming, see “Programming the groups” in chapter 17.

@™ Monitors

T

Talk osc/routing controls on the control surface and GU/

Item Element Description

1 ALL switch Routes the talk/0SCinternal signal to all outputs.

2 INPUT/[INP] switch This input switch routes the talk/0SCinternal signal to the input section.

3 AUX switch Routes the talk/0SCinternal signal to all auxes.

4 MTX switch This matrix talk switch routes the oscillator or talk signal to the master outputs.

5 Switches These are fixed bus talk group switches.

6 Switches These are user-assignable talk group switches.

7 CONFIG switches Each gf these GUI only configuration svyitches oﬂpens the Talk Groups screen ang §e|ects its
associated group, ready for programming (see “About the control group screens” in chapter 17).

Internal talk groups

You can assign talkback or send test signals to any audio bus on the PRO X.
Preset and user-configurable ‘talk’ groups allow you to, for example, talk

to groups of performers in a monitor mix or make group announcements.
Also, by using the internal tone oscillator, you can perform signal path testing
and equipment alignment.

There are eight ‘talk’ groups available (four of each type), which are operated

via pushbutton in the talk/osc routing section of the master bay. Using the
preset talk groups you can route to all inputs, all auxes, all matrices or all
outputs. Or, you can create your own talk groups (up to four) and choose which
of these you want in each group; this is done via the GUI menu (see “Talk groups”
in chapter 17).

Before you can select a talk group, the TALK/internal and/or 0SC/internal
buttons must be switched on. (This also applies to generator routing.) Also, if any
internal talk or osc generator routing is active when the TALK/internal and/or
0SC/internal buttons are both switched off, this routing is cancelled.

When a talk group is activated, all talk group member functions are activated.

>>To activate a talk group

1. Make sure either one or both of the ‘internal’ buttons, that is, the TALK
(internal) button in the talk mic section and the 0SC (internal) button in
the signal generator section, are on.

2. Inthe talk/osc routing section, press the desired talk/oscillator routing
button and hold down (for at least one second) until the button illuminates.
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Talk mic Internal talk mic
The control surface has an internal talk mic that lets you talk to external This is located in the talk mic section, and contains the controls for both the
locations, and you can also be talked to from an external location. internal talk mic and external talkback functions, which control a talkback
For the input and output talk connections, see “talk section” in Appendix H. microphone connected to the PRO X Control Centre. Both functions utilise the
compressor (limiter), which is in the microphone signal path immediately before
the talk level control.
The ouputs from the internal mic can be connected to the internal talk bus/talk
external XLR output (see Appendix B “Functional Block Diagrams”).
e acaiiseno
talk input 'L
Monitor 10 () s
6 external talk output “l:l:l:
Monitor 10 () i
talkback input ’
Monitor 10 ()
talk mic
talk/mic
Vet mnK elno e mris
.
inte'nal extg¢rnal :\ ] |' ]
N 4{0 +20 +15
°c‘Iovcl limiter mic gain
Tk e
Talk mic controls on the control surface and GUI
Item Element Description
This talk internal switch connects the talk mic output to the control centre’s internal talk system,
while simultaneously dimming all local outputs by 20 dB to prevent ‘howl round’. The internal talk
1 TALK/[TLK] switch bus can then be mixed onto any of the control centre’s buses by pressing the internal talk switches
associated with those buses, or mixed onto a group of buses by activating an internal talk group
(see “Talk osc/ routing”).
2 TALK/[TLK] switch This talk external switch connects the talk mic output to the talk external output XLR.
level control knob Gives continuous adjustment to the post-limiter signal from off (4) to +10 dB.
4 limiter control knob Gives continuous adjustment of the peak limiter value from 0dB to 420 dB.
5 mic aain control knob Provides continuous mic amplifier gain adjustment of the mic connected to mix bay control surface.
9 Range is +15 dB to +60 dB and operates in conjunction with the peak limiter.
6 Talk patching sections. See Table 25 “Navigating to the Patching screen” in Appendix J.

1.

(internal and external).

>> To select the internal talk mic

1.

2.

the talk mic section (see “Talk mic”).

The three control knobs are used in conjunction with mic XLRs (in the screen External talkback
housing and the rear connector panel) and the two TALK routing switches

The external talkback input is a mic/line input at the stage end of the system
that, when enabled in the monitor section (see “Monitor output (a and b)
sections”), can mix onto the local monitor outputs

In the talk mic section of the master bay, press TALK (internal) to switch in

In the source a or source b section of the master bay, press TALK.

Your chosen section will determine which system bus (A or B) the talk
mic will be sourced from (see “Monitor output (a and b) sections” and

“source (a and b) sections”).

(EN
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Chapter 15: Graphic Equaliser (GEQ)

This chapter describes the internal GEQs of the PRO X. Initially, it explains how to
use the PRO X Control Centre to configure and operate the GEQs and then details
all of their available control functions.

Overview of the GEQs

The PRO X Control Centre incorporates a graphic equaliser (GEQ), which is closely
based on the KLARK TEKNIK DN370 Graphic Equaliser (see Appendix C “KLARK
TEKNIK DN370 GEQ” for details). You can configure the PRO X Control Centre to
have set numbers of these GEQs up to a maximum of 36, and these are mutually
inclusive of the number of effects you can have. For every effects unit you lose,
you gain four GEQs.

Each GEQ s a single-channel, 31-band, third octave graphic equaliser, and GEQ
features switched 2nd order treble and bass filters and two notch filters with
variable frequency ranges.

The GEQ is primarily a mono process, but in the case of stereo groups or mix
channel outputs, a stereo GEQ is controlled from a single set of controls.

You can control the GEQs remotely using the KLARK TEKNIK DN9331 Rapide
Graphic Controller.

The GEQs are managed via a virtual eight-unit rack on the Graphic EQs screen.
From here you can open the window of any GEQ, which gives you full control over it.

About the Graphic EQs screen

The Graphic EQs screen represents a virtual eight-unit rack of user-configurable

GEQs. The number of units (shown in the Graphic EQs screen below) depends on
the number of GEQs configured (see “To configure the PRO Series Control Centre
with the number of GEQs and effects”).

GEQ patching source

B @™ Graphic EQs
—e—

T T
GEQ rack GEQ rack

overview

Figure 21: Graphic EQs screen (configured for 12 GEQs)

The main sections of the Graphic EQs screen comprise:

GEQ patching source The border to the left each GEQ unit will display its source,
if patched. In the diagram above, GEQ 1 has been patched to “AS3” (aux 3).

o GEQrack overview This section contains an overview of the total number
of GEQ racks in use, and also aids GEQ navigation/selection. The number
of racks, which ranges from one to five, is dependent on configuration.

o GEQrack A ‘virtual’ rack containing up to eight GEQs. The rack also includes
STORE PRESET and LOAD PRESET user library buttons (see Chapter 24
“User Libraries (Presets)”).

>>To open the Graphic EQs screen

Do one of the following:

o Atthe GUI, choose home » Rack Units ™ Graphic EQs.

In the primary navigation zone, press the effects/graphics access button twice.

>>To open a GEQ rack
In the Graphic EQs screen, click inside the desired unit.

About the GEQ window

On the GUI, the GEQ window shows a screen-width version of the selected GEQ's
front panel. This gives you full control of the GEQ via the GUI controls (trackball and
left and right buttons) in the primary navigation zone. Below the GEQ is an
assignable controls panel (master bay GUI screen only), which lets you select
and control the GEQ faders (singly or in groups) and the controls on the right.

6
GEQwindow
Item Element Description
1 COPY button Sopy and paste fEnction button (see Chapter 18
Copy And Paste”).

5 PASTE Copy and paste function button (see Chapter 18
button “Copy And Paste”).

3 FLAT button | Setsall of the GEQ's faders to 0dB.
STORE

4 PRESET See Chapter 24 “User Libraries (Presets)”.
button
LOAD

5 PRESET See Chapter 24 “User Libraries (Presets)"”.
button
CLOSE .

6 button (loses the GEQ window.
assignable

7 controls See Chapter 19 “Assignable Controls (I Zone”.
panel

8 GEQ panel Shows the fror]’t panel of the GEQ (see “GEQ front

panel features”.
9 :?Sr;)p-down For selecting the source of the GEQ.

>> To open a GEQ unit window
Inthe Graphic EQs screen, click on a non-control area of the unit you want.
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>> To patch a source to a GEQ
Open the window of the GEQ.

1.
2. Open the GEQ source drop-down list. (An unpatched GEQ will have “None”

3

displayed in the text field.)

Unassigned

In the drop-down list, click the source you want. For example, “Aux Send
3". The new patching assignment will appear in the source name field

4. (lick CLOSE to accept the change and close the GEQ's window.

The new GEQ patching source assignment will appear in the virtual rack
(see Figure 21 “Graphic EQs screen (configured for 12 GEQs)”).

GEQ front panel features

The front panel of the GEQ, as displayed on the GUI, represents the KLARK TEKNIK
DN370 Graphic Equaliser. It includes a graphic EQ (faders) section and a
filters section.

Thirty one faders provide fine adjustment of each frequency band.

The 31 frequency bands are spaced 1/3 octave apart on the standard IS0

266 frequency centres. All the functions of the GEQ can be bypassed via an EQ
switch, such that the output will be the same as the input.

The GEQ has one high pass filter, one low pass filter and two variable frequency
notch filters. Each filter is adjusted via a control knob on the GUI screen.

To audition the effect of the filters, use either the EQ switch (which will also
bypass the GEQ) or the individual filter switch.

(as shown below) and in the border on the left of GEQ panel (see Figure 21

“Graphic EQs screen (configured for 12 GEQs)").

5k 6k3_Bk

10k}

11 10 9 8 7
GEQfront panel

Item Element Description

1 Fader (31-off). Adjusts signal level.

5 SLOPE button Sw!tches the high or low pass filter between 6dB and 12dB. Adjacent yellow LEDs indicate the
active band.

3 Low pass filter control knob Adjusts the cut off frequency, which is continuously variable from 20 Hz to 500 Hz.

4 High pass filter control knob Adjusts the cut off frequency, which is continuously variable from 2 kHz to 20 kHz.
Selects the EQ. The adjacent green IN LED shows the EQ s on (illuminated) or is being bypassed

5 EQ button A
(extinguished).
Shows the incoming signal level and is pre-EQ (but post-gain control). Clipping is post-EQ
(and postgain control), such that internal clipping due to excessive EQ, that s, if a high input level is
further boosted by the use of EQ, will also be shown. The LED functions are: two red LEDs illuminate

6 10-segment meter when signal has exceeded +20 dBu and is being clipped; two yellow LEDs illuminate when signal
level exceeds 0 dB (range is between 0 dB to +20 dB); and the top five green LEDs encompass the
signal level range of between 0dB and -40dB, while the bottom one illuminates when the signal has
exceeded -40 dB.

7 Qbutton Selects proportional Q (PROP.) or constant Q (CON.) modes.

8 Notch filter control knob Adjusts the position of the notch filter within the range 20 Hz to 20 kHz.

9 IN button Switches the respective high pass/low pass/notch filter in/out.

10 Notch filter control knob Adjusts the position of the notch filter within the range 200 Hz to 2 kHz.

n Fader group ID number See “Controlling a GEQ via the | zone” in Chapter 30.

(EN
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Configuring the number of GEQs (and effects)

GEQ (and effects) configuration is a GUI-only operation. We recommend that you
configure the number of GEQs and effects before you start using the PRO X.

>> To configure the PRO Series Control Centre with the number of
GEQs and effects
1. Atthe GUI, choose home » Preferences »™ General

and then click the Show tab.

[Effects and GEQs

16 Effects - 32 GEQs

-0 GEQs
-4 GEQs
- 8 GEQs
-12 GEQs
- 16 GEQs
- 20 GEQs
- 24 GEQs
- 28 GEQs

16 Effects - 32 GEQs

15 Effects - 36 GEQs

2. Inthe Effects and GEQs section, open the drop-down list (as shown below).

3. Select the option you want by clicking it. For example, click the 17 Effects -
28 GEQs option to have 17 internal effects and 28 GEQs.

- ——

Typical Effects and Graphic EQs screens as configured for the 17 Effects - 28 GEQs option. Note the
four small racks to the left of the main rack on the Graphic EQs screen, which cater for the 28 GEQs; the
selected rack unit is highlighted in yellow.

Copying settings between GEQs
You can copy and paste all the settings of one GEQ to another.

>> To copy the settings of a GEQ to another GEQ

1. Inthe GEQ rack of the Graphic EQs screen, open the window of the GEQ that
you want to copy the settings from.

2. Inthe GEQ window, click COPY.

3. (lose the GEQ window and then open the window of the GEQ that you want
to paste the settings to.

4. Inthe GEQ window, click PASTE.
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Chapter 16: Internal Effects

This chapter describes the internal effects of the PRO X. Initially, it explains how
to use the PRO X Control Centre to operate the effects and then details all of their
available control functions and their use.

Overview of the internal effects

The Effects screen manages up to eight user-assignable effects devices,
collectively called the “internal effects pool”. This is a ‘bundle’ of onboard
creative audio effects that provide onboard facilities where outboard effects
units would have traditionally been required. The effects are displayed on the
screen in a ‘virtual’ eight-unit rack.

B P Effects

Typical Effects screen containing all of the available effects.

All of the points in the control centre’s signal flow where outboard effects
can be inserted, such as auxes and returns or insert points on input channels,
audio subgroups and mix and master buses, can be patched to effects in the
internal effects pool as well as external world XLRs.

Rack unit number allocation

Each unit position in the rack is allocated a rack number that is recognised by the
PRO X Live Audio System. The rack numbers are top down in ascending order,
starting at position 1 at the top of rack 1.

About the effect window

Similarly to the GEQ window on the GUI, the effect window shows a screen-width
version of the selected effect, which gives you full control of the effect via the GUI
controls (trackball and left and right buttons) in the primary navigation zone.
A‘virtual’ assignable controls panel below lets you select and operate the
controls of the GEQ.

4
Effect window
Item Element Description
CHANGE
1 DEVICETYPE | Letsyouselectadifferent effect.
button
5 STORE PRESET | User library function button (see Chapter 24
button “User Libraries (Presets)”).
3 LOAD PRESET | User library function button (see Chapter 24
button “User Libraries (Presets)”).
4 CLOSE button | Closes the effect window.
5 assignable See Chapter 19 “Assignable Controls (I Zone)".
controls panel
6 Effect panel For details of the frontlpanel for eagh effect,
refer to the effect sections later on in this chapter.
7 Drop-down list | For selecting the source of the effect.

>> To open an effect window
In the Effects screen, click on a non-control area of the effect you want.
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Working with the effects

There are a number of ways of handling the effects, such as setting up,
configuration and operation, all of which involve the use of the GUI. However,
most of these methods can also be carried out using the | zone; see Chapter 19
“Assignable Controls (I Zone)”.

>> To open the Effects screen

Do one of the following:

o Atthe GUI, choose home » Rack Units ™ Effects.

o Inthe primary navigation zone, press the effects/graphics access button.

>> To operate an effect control

The method for controlling the effect controls is the same as for any control on a
GUI screen. For details, see “About GUI operation” in chapter 6.

>> To configure an effect

Similarly to the input channels, output channels, groups etc., you can change the
name of an effect and the background colour of its text field, as it appears on the
GUI (see “Configuring VCA/POP groups” in chapter 9).

>> To change an effect type
For details, see “To choose an effect” in chapter 9.

>> To route an effect

Effects are patched via the Patching screen. For details, see Chapter 8 “Patching”.

Delay effect

Effect configuration

The following versions are available for each effect type. The PRO X selects the
appropriate one automatically, depending on the configuration of the channel
into which the effect is inserted:

e Monoin and out: for mono auxes and returns, mono input channel, audio
subgroup and mix bus inserts.

« Stereoinand out: for stereo auxes and returns, stereo input channel, audio
subgroup and mix bus inserts.

If the mono/stereo pairing status of a channel is changed while an
effectis inserted, the effect will be replaced with the correct mono/
stereo implementation.

Effect programs

Some types of effect have associated factory presets and user-configurable
programs, which you can load within the effect (these are also stored in a

show file). You can also save all of the controls from one or more effects in a user
preset, which will then contain information about their settings, including the
loaded factory preset or userconfigurable program.

For details of each effect type, refer to its section in this chapter. For information
on presets, see Chapter 24 “User Libraries (Presets)”.

The delay effect provides simple delay line based effects. Delay times can be specified manually or by means of a “tempo-tap” button. The delay effect has a

three-mode delay algorithm:

«  Single — one delay tap (mono or stereo processing).
o Dual — two delay lines (stereo insert only).
o Ping-pong — two delay lines with cross feedback.

.0

R off 45+10 -100 =100 .

20 19 18 5 5 6 7 8 9

Front panel of the delay effect

Item Control Function

1 BPM Sync button Activates BPM (TAP TEMPO) mode.

2 Left channel delay time control knob For entering the desired delay time. Value is shown immediately below, in ms or BPM.

3 Range button iSrfllre;ce'r;igzeel ;{) tef;(r)s:/gﬁ:)avye tli)r:tet (r)erl]rllges (1-25 ms, 10-200 ms or 80-1600 ms). Value is displayed

4 Link button Links delay time of left and right channels.

5 Pan control knob Pans channel between L (left) and R (right) outputs.

6 Level control knob Adjusts the output level. Range is from off to +10 dB.

7 Feedback control knob /I:g:]l;s:sl st?ri ;m;)gg(ty:{ Jli%%t(i)z/i(positive feedback applied to delay. Controls the number of repeats.
8 Blend control knob Adjusts the feedback blend from norm to cross.

9 Depth control knob Adjusts depth of delay modulation. Range is from 0 to 100.
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Item Control Function
10 Damping section Contains a HF control knob that adjusts the HF attenuation of delay repeats and an LF control knob
ping that adjusts the LF attenuation of delay repeats.

Contains a HI control knob that adjusts the amount of HF (high EQ) cut or boost applied to the output.

1 EQ section LO control knob adjusts the amount of LF (low EQ) cut or boost applied to the output. Range of both is
-12 to +12, with 0 at top dead centre.

1 Rate control knob Adjusts rate of delay modulation. Range is between 0.001 Hz and 10 Hz, with 0.7 Hz at top
dead centre.

3 Model select button Selects digital or a.nalogue delay resolution. Current selection is shown by the illumination of one of
the LEDs above (Dig. or Anlg.).

14 LR Out section Contains an ON switch for activating delay.

15 Gain control knob Adjusts the amount of gain between -20 and +20, with 0 at top dead centre.

16 Mix control knob Adjusts the mix between dry (0%) wet (100%).

17 HF Depth control knob Adjusts depth of delay modulation. Range is 0 to 100, with 50 at top dead centre.

18 Right channel delay time control knob For entering the desired delay time (in ms).

19 Tempo control knob Adjusts the tempo in tempo mode. Range is from 60 to 240 beats per minute (bpm).

20 Tap button For manually tapping the tempo once the unit is in BPM Synch (TAP TEMPO) mode.

Virtual DN780 Reverb effect

The Virtual DN780 Reverb provides emulation of the vintage KLARK TEKNIK DN780 Digital Reverberator/Processor unit. The DN780 is not just a reverberation device,
italso gives the user a unique and flexible means of producing realistic acoustic simulations for environments of all types and sizes. The provision of effects programs
further extends this versatility, making it a very powerful acoustic processing package.

14 13

11 9 10

I_'_I
16 15 6 5 4 1 2 3 8 12
Front panel of the reverb effect
Item Control Function
REVERBERATION section control that adjusts the decay time at the low end of the reverb spectrum.
1 LF (low frequency) control knob .
Range is from -7 to +7.
5 HE (high frequency) control knob REVERBERATION section control that adjusts the decay time at the high end of the reverb spectrum,
ghfrequency which sets the absorption characteristic of the simulated space. Range is from -7 to +7.
3 ROOMSIZE control knob AdJUSFS .the average dlmen5|0q of the swpula';ed space. Range is from 8 to 90 metres. A momentary
mute is implemented when this control is adjusted.
4 DECAY control knob REVERBERATION section contfol that sets the overall (mid-band) reverberation decay time. Range is
from 0.1 to 18 seconds, depending on room size.
REFLECTIONS section control that acts as a ‘depth’ control by altering the apparent distance between
5 LEVEL control knob the sound source and the listener. Alternatively, adjusts the input level for Sound-On-Sound/
Infinite Room. Range is from 0 to 9.
REFLECTIONS section control that controls the ‘density” of early reflections. Selects the number and
6 PATTERN control knob spacing of Early Reflections/ADT/Multi-tap delays. Range is from 1o 9.
Controls the amount of delay (in milliseconds) between the initial signal and the onset of
7 PRE DELAY control knob reverberatlon. Op c.ertam program typgs, pre-delay is inserted between early reflections and reverb to
improve authenticity. Its range is algorithm dependent.
Low level, phase-dependent ‘clicks’ are produced when pre-delay is altered during the program.
8 List of algorithms and algorithm select These algorithms emulate the ones on the original DN780. Use the select button to scroll through the
button list to select the one you want.
9 MIX control knob Controls the DRY/WET output mix and ranges from 0% to 100%, respectively.
10 ST stereo input button Enhances original algorithm to provide stereo input.
1 Parameter display panel Shows the current settings for the selected algorithm.
12 IN button Switches in the Virtual DN780 Reverb effect.
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Item Control Function
AUDIO section control for adjusting the input level. Range is from -4 to +6 dB, with 0 dB at top dead
13 LEVEL control knob centre. This should be set to illuminate the -3 dB LED on the input headroom indicator during loud
program passages.
AUDIO section MUTES control for removing feed to the reverberation section, enabling the decay
14 IN button " .
qualities of the chosen setting to be confirmed.
15 REV button AUDIO section reverb MUTES control for providing a rapid means of removing unwanted sounds.
AUDIO section meters, which comprise two dual-column peak reading LED meters, ranging from
16 Input headroom indicator 0dB to-27 dB in 3 dB steps. Each column consists of 10 coloured LEDs. The red LED illuminates at 3 dB
before the clipping point, which also provides an over-range warning for the arithmetical processor.

The parameter controls give accurate adjustment of all reverberation parameters and allow the engineer to create unique acoustic environments of virtually any type.
For more information on the KLARK TEKNIK DN780, see Appendix D “KLARK TEKNIK DN780 Reverb”.

Flanger effect

The flanger effect consists of one or, if configured as stereo, two-tap delay lines. One tap is fixed and the other tap position is modulated to provide ‘thru-zero’ flanging
or single tap modulation when ‘thru-zero’ is off.

0 J 100 .01 .. 50

Depth

Feedback

Rate

T Exp.

Shipe

15 6 4 5 7

o | 180 20, 4K 1.l 20
Spread ! LF HF

3 14 18 17 16 13 12 11 10 9 8
Front panel of the flanger effect
Item Control Function
1 Delay control knob Adjust length of modulated delay line in milliseconds. In “thru-zero’ mode, also sets the delay of the
y dry path. Range is 0.1 to 10, with 5 at top dead centre.
2 ON button Switches the flanger effect on and off. llluminates when power is on.
Adjusts the amount of negative/positive feedback applied to the delay. Controls the number of
3 Feedback control knob repeats. Range is from -100% to +100%, with 0% at top dead centre.
4 Modulation meter Assingle row of 37 yellow LEDs are used to show the modulation.
5 Out meters Two rows of 15 green LEDs, one each for L (left) and R (right).
6 In meters Two rows of 15 green LEDs, one each for L (left) and R (right).
7 Gain control knob Adjusts the signal level in dB. Range is from -20dB to +20dB, with 0dB at top dead centre.
8 Invert switch Inverts the wet signal.
9 Mix control knob Adjusts the mix between dry (0%) wet (100%).
. Filters section control for adjusting the amount of HF (high EQ) cut or boost applied to the effect
10 Hi EQ control knob output (in dB). Range is -12 dB to +12 dB with 0 dB at top dead centre.
Filters section control for adjusting the amount of LF (low EQ) cut or boost applied to the effects
M Lo EQ control knob output (in dB). Range is -12 dB to +12 dB with 0dB at top dead centre.
Damping section control for adjusting the high frequency (kHz) tuning of flanger feedback. Range is
1 HF control knob 1kHz to 20 kHz, with 10 kHz at top dead centre.
Damping section control for adjusting the low frequency (kHz) tuning of flanger feedback. Range is
B LF control knob 20 Hz to 1 kHz, with 140 Hz at top dead centre.
LFO Sweep section control for adjusting the intensity of the effect by setting the depth of modulation
1 Depth control knob as a percentage. Interactive with Delay, as for Chorus. Range is 0% to 100%.
15 Thru Zero switch LFO Sweep section control for selecting ‘thru zero” or normal mode. llluminates to indicate switch is on.
16 spread control knob LfO Sweep section control for setting the relative phase of left/right modulation. Range is 0 to 180,
with 90 at top dead centre.
17 Shape control knob LFO Sweep section control for adjusting the shape of the modulation waveform. Range is from Tri to Exp.
18 Rate control knob LFO Sweep section control for adjusting the rate of modulation (Hz). Range is between 0.0 and 50,
with 0.7 at top dead centre.
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Phaser effect
The phaser effect consists of one, or if configured for dual operation, two stereo phasers connected in serial/parallel according to mode setting.

14

15 16 17 18 19 5 4 6

«® PHASEY
1 3 2 13 12 11 10 9 8 7
Front panel of the phaser effect
Item Control Function
1 rate control knob (channels 1and 2) Controls the rate of modulation in Hz. Range is from 0 Hz and 40 Hz.
Sets the sweep offset for performing manual sweep. Range is from 500 Hz to 24 kHz,
2 manual control knob (channels 1and 2) with 3k5Hz (3,500 Ha) at top dead centre.
3 Modulation meter Asingle row of 15 yellow rectangular LED segments are used to show the modulation on each channel.
. Adjusts the amount of HF (high EQ) cut or boost applied to the effect output (in dB). Range is from
4 hi eq control knob -12 dB to +12 dB with 0 dB at top dead centre.
Adjusts the amount of LF (low EQ) cut or boost applied to the effects output (in dB). Range is from
> lo eq control knob -12 dB to +12 dB with 0 dB at top dead centre.
6 gain control knob Adjusts the signal level (dB). Range is from -20dB to +20dB, with 0dB at top dead centre.
Adjusts the amount of negative/positive feedback applied to the delay. Controls the number of
! feedback control knob repeats. Range is from -100% to +100%, with 0% at top dead centre.
8 spin control knob Adjusts the amount of relative phase of left/right modulation. Range is from 0% to 100%.
9 STAGES button Selects the number of all pass stages, which sets the number of notches in the frequency response.
10 SWEEP button Sets the modulation waveform shape.
- MODE button §elects the opergtlng mode: single; dual series; dual parallel; linked series; or linked parallel. When
linked, modulation of phasers 1and 2 are linked.
12 ON button Switching the phaser effect on and off. llluminates to indicate effect is on.
13 depth control knob Controls the intensity of the effect by setting the depth of phasing filters. Range is from 0% to 100%.
14 blend control knob Adjusts the mix between dry (0%) wet (100%).
15 Mode Displays the current mode, selected by the MODE switch.
16 Input meters Two rows of 15 green LEDs — one row each for L (left) and R (right) — comprise the inputs meters.
17 Sweep Displays the sweep, selected by the SWEEP button.
18 Output meters Two rows of 15 green LEDs — one row each for L (left) and R (right) — comprise the output meters.
19 Number of all pass stages Displays the number of all pass stages, selected by the STAGES button.

(EN



100 PRO X User Manual

Pitch Shifter effect

The Pitch Shifter effect two independent channels that can independently shift the pitch of signals up or down to correct poor pitching or generate harmonies.
The pitch change can also be modulated as an effect.

Front panel of the pitch shifter effect

Item Control Function
1 COARSE control knob ?ﬁéusltjsn?:. (p;ltfli; lsuheifitsirslg]; Oa\;lnnoll:rr:(tj;r: r:z:;)#e tones. Range is from -12 to +12, with 0 at top dead centre.
5 FINE control knob Fine tunes the pitch shiftinq in 1% increments of awhole tone. Range is from -100 to +100, with 0 at
top dead centre. The numerical value is shown underneath.
3 PREDELAY control knob Sets the delay time before the pitch shift. Range is from 1 to 500, with 22 at top dead centre.
4 FB DELAY control knob Sets the delay time on the feedback loop. Range is from 1 to 500, with 22 at top dead centre.
s | rKonlon el T
6 LEVEL control knob Sets the output level of the individual channel. Range is from -40 to -10, with -20 at top dead centre.
7 PAN control knob Adjusts the position of the individual channel signal in the unit's stereo output.
8 HF DAMP control knob Adjusts the HF attenuation of delay repeats. Range is from 2k to 20k, with 6k at top dead centre.
9 HI EQ control knob Boosts/attenuates high frequencies. Range is from -12 to +12, with 0 at top dead centre.
10 OUT LVL control knob Sets the overall output level. Range is from -20 to +20, with 0 at top dead centre.
1 INPUT and OUTPUT meters Shows the input/output signal levels on dual 20-segment meters (-36dB to +21dB).
12 LF DAMP control knob Adjusts the LF attenuation of delay repeats. Range is from 20 to 400.
13 LO EQ control knob Boosts/attenuates low frequencies. Range is from -12 to +12, with 0 at top dead centre.
14 MIX control knob Controls the balance between dry signal and effect. Range is from 0 to 100, with 50 at top dead centre.
15 ON switch Switches pitch shifter effect on/off.
Feedback

The pitch shifter accepts the input signal and then delays it and plays it back at a different speed, so that its output is delayed and pitch shifted. When this output is fed

back into the pitch shifter, further delays and more pitch shifting occur. This can lead to some strange effects, such as feedback.

SQ1 Dynamics effect

The SQ1 Dynamics effect is an emulation of the KLARK TEKNIK Square ONE Dynamics, which is an 8-channel analogue dynamics processor. Used for the precise

manipulation of compression parameters, it also includes gating for creative and corrective applications, and channel linking for stereo/multi-channel operation.
For information on the KLARK TEKNIK Square One Dynamics, refer to its Operator Manual (part number DOC02-SQ1DYNAMIC).

Ujjfvj‘éoo.oo.oo.oo.oo.oo.oo
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Front panel of the SQT dynamics effect
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3-Band Compressor effect

The 3-band Compressor effect is a minimum phase shift (analogue style) implementation that guarantees coherent band summing, even at the most extreme
crossover point settings. Each band provides full control of its compressor’s action, with partially adaptive time constants ensuring the most natural results from even

the most variable sources.

) 24
Mahe-Up

254
Threshold Ratio

Front panel of the 3-band compressor effect

Item Control Function

1 In button Switches the stereo 3-band compressor in/out. It has an adjacent LED (yellow) for in/out indication.

5 Threshold control knob This control is in the Lo, Mid and Hi sections, and is used for setting the threshold at which
compression begins. Range is from -50 dB to +25 dB.

. This control is in the Lo, Mid and Hi sections, and is used for setting the compression ratio. Range is

3 Ratio control knob
from 25:1to 1:1.

4 Make-Un control knob This control is in the Lo, Mid and Hi sections, and is used for boosting the output level of the

P compressed signal. Range is from 0 dB to +24 dB.

This control is in the Lo, Mid and Hi sections, and is used for setting the release time of the

5 Release control knob .
compressor. Range is from 0.05sec to 3sec.

6 Attack control knob This control is in the Lo, Mid and Hi sections, and is used for setting the speed of the onset of
compression once the threshold has been exceeded. Range is from 0.2ms to 50ms.

7 S0LO button This control is in the Lo, Mid and Hi sections, and is used for listening to the compressor’s sidechain
filter. It has an adjacent LED (yellow) for on/off indication.

8 Three-section meter This has individual meter elements for input (In), gain reduction (GR) and output (Out).

9 Soft Link button Links the left and right channels. It has an adjacent LED (yellow) for on/off indication.

10 Global Knee control knob Sets the rate of transition across the threshold.Range is from 4 to 40.

n Lo Mid Freq control knob Sets the crossover point between the Lo and Mid compressors. Range is from 40 Hz to 1 kHz.

12 Hi Mid Freq control knob Sets the crossover point between the Mid and Hi compressors. Range is from 640 Hz to 16 kHz.

Submonster

The Submonster is a sub-harmonic synthesiser effect which boosts the low
frequencies of an audio signal by generating an additional signal an octave
below a given frequency range. The aim of this effect is to add low end to a
signal which may have weaker low frequency content, or to generally increase
the bass frequencies.

The Submonster works particularly well on drum tracks, especially bass drums,
and when applied to an overall mix. When placed on individual instruments

it can create a sub-octave doubling effect, which works well when applied to
monophonic sounds. The effect has five tunable bands of sub-octave synthesis,
each with its own gain control. The frequencies on which the bands are centred
are controlled using the tune parameter, which controls all five bands’ centre
frequencies to reduce overlap.

The tune parameter ranges from 10 Hz to 30 Hz which corresponds to the
frequency of the lowest generated sub-harmonic band, with each subsequent
band having a minimum and maximum frequency of 1.5x the previous band’s
minimum and maximum frequency. This gives a total range of sub-harmonic
synthesis between 10 Hz and 150 Hz.

DN60 Spectrum Analyser

The function of an audio spectrum analyser is to separate the components of any
audio signal into defined frequency bands, and to indicate the level of energy
present in each of those bands. The Spectrum Analyser effect provides this
functionality across 31 discreet bands, and can also be used for multichannel
processing by allowing for switchable inputs for complete flexibility. The display
has two banks of meter graphs, each with a set of eight input switches, allowing
any of the eight inputs to be routed to either graph in any combination.
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Also included are three frequency weighting curves, which can be selected using
the Weight parameter. Weighting curves are a set of factors that are used to
weigh measured values to a certain frequency response. The main reason for this
is to allow for the response of human hearing. Recent research into the response
of the human ear has revealed a flatter response in the higher frequencies at high
sound pressure levels. Therefore this parameter can be switched between Flat,
the traditional weighting A, and the more recently developed weighting C.

The Compare mode allows the user to select any two signals and display a
comparison of the frequency spectrum across the two graphs. Essentially the two
displays become one, with the top display showing positive differences between
the comparison signals, and the lower display inverted to show negative
differences. The scale on the display will also change to compensate.

Tape Saturation

As its name suggests, the Tape Saturation effect emulates analogue tape
saturation; when the amount of magnetised particles required to fully record and
reproduce an audio signal exceeds the amount available. This can be heard as
analogue ‘warmth’, and similar effects can be achieved in the digital domain by
emulating various analogue tape artefacts.

An example of this is tape’s tendency to compress the high frequencies in
“transients’, or peaks in the audio signal, and while this is a side-effect of using
analogue tape, it can also be desirable when trying to achieve a vintage tape
sound. This effect can be altered by use of the Transient Smoothing control.

Another way to achieve that nostalgic tape sound is by the creative use of biasing;
most professional tape machines are set up to compensate for this, in other
words, to be slightly overbiased. The Overbias control is used to emulate this by
reducing the amount of tape distortion at the expense of the high frequencies
and transients. The limit of the high frequency response is also controlled by the
overall frequency response of the tape process, and this in turn is affected mainly
by utilising different tape speeds. Slower tape speeds (3.1/4 /7.5 ips) have less
high frequency definition and a boost at low and mid frequencies, whereas
higher speeds (15 /30 ips) have better high frequency representation and less
extreme lower ends resulting in more accurate audio reproduction.

Yet another important element to tape emulation is the output transformer
which supplies a low end ‘bump’ in the frequency response and increases
harmonic distortion of frequencies between approximately 50 — 100 Hz.

The amount of distortion can be controlled by effective use of the Transformer
Drive control.

Variable Phase

The Variable Phase effect allows the user to alter the phase of a signal by a
variable amount. The unit has eight variable phase inputs, each with a mono
signal with its own set of parameters, and the ability to stereo link between
each pair.

The effect works using two all-pass filters in series, and controlling the centre
frequency of the filters to change the phase shift. The all-pass structure allows for a
flat magnitude-frequency response, however the filters delay different frequencies
by different amounts resulting in a frequency-dependent phase shift.

Additional features have been added to this fundamental design by allowing
control over the frequency range of the centre frequencies. The Phase Frequency
Range allows a greater range of frequencies to be covered by the control. The user
can also switch between a 90° or 180° phase shift by using the 180° / 90° Phase
Shift button.

Dual Stereo Delay

The dual stereo delay effect is a simpler, more concise, version of the current
delay device with the advantage of having two units in one effect device rack
space. The dual stereo delay is a dual stereo in and dual stereo out device with
metering for each discrete input and output.

BPM display mode:
« Tempois accurate to 0.1 bpm.

- With global tap enabled the display shows global tempo regardless of
delay time setting.

« With global tap disabled the display shows the equivalent tempo
assuming a delay of one beat. For example, if the delay time is 500ms the
tempo is calculated as 60/0.5 = 120 bpm.

« Up/down buttons adjust local or global tap tempo by 0.1 bpm.
Millisecond display mode:

« With global tap enabled the display shows current delay (in milliseconds)
based on global tempo and selected musical interval. For example, ifa 1/8
dot interval is selected on the delay control and the global tempo is 120
bpm the delay value shown will be 0.75 x 60/120 bpm = 375 ms.

- With global tap disabled the display shows the actual delay time set on
the unit.

+ Up/down buttons adjust delay units by 1 millisecond increments.

If the global tap option is enabled the delay time rotaries will change from
seconds (milliseconds) to musical note durations as they do with the current
effects units. However, the seven-segment LED display will continue to follow the
display mode selected. Also, if the global tap option is enabled the tap button on
the unit will not affect the global tempo and should be greyed out.
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Ambience Reverb

The ambience reverb adds warmth and depth to source material without adding
the obvious artefacts commonly associated with artificial reverbs. It simulates
smaller rooms using diffuse early reflections with the additional flexibility of
separate reverb tail level and decay control.

Reflective surface materials and air absorption properties can be simulated by
adjusting the high and low frequency cut amount and high frequency damping.
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Vintage Room Reverb

The vintage room reverb effect provides an incredibly natural sounding reverb
in the style of the earliest digital reverberators that became popular during the
1980s. Its strength is in recreating natural acoustic ambiences with a very warm
and dense characteristic without sounding particularly artificial.

Reflective surface materials and air absorption properties can be simulated by
adjusting the high and low frequency cut amount. Low frequency decay and

cross-over parameters allow relative control over the low band reverb tail length.

This can be used to either simulate real room responses, which often have a
longer decay time at low frequencies or alternatively can be useful to reduce
low frequency energy in a live environment where it may already be present due
to the natural reverberation of the venue. High frequency decay and cross-over
parameters provide additional control over the high band reverb tail length.

Vintage
Room

predely  size decay  density
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Chamber Reverb

The chamber reverb emulates the sound of echo chambers found in early
recording studios. This is characterised by a rapid build up of reflection density
within a small to medium sized space coupled with a relatively colourless and
smooth decay.

Reflective surface materials and air absorption properties can be simulated

by adjusting the high and low frequency cut amount and high frequency
damping. Low frequency decay and cross-over parameters allow relative control
over the low band reverb tail length. This can be used to either simulate real
room responses, which often have a longer decay time at low frequencies, or
alternatively can be useful to reduce low frequency energy in a live environment
where it may already be present due to the natural reverberation of the venue.

Hall Reverb

The hall reverb simulates the response of a real concert hall adding a sense of
space to the source material with less initial density than a chamber reverh. The
slower build up of reflections and generally longer decay times associated with
this type of algorithm allows for increased clarity of the source, while offering a
richer more lush overall sound that is less dense in character.

This effect features contour controls to adjust the envelope shape during the
initial portion of the reverb tail and also the time over which the reflection
density increases.

Reflective surface materials and air absorption properties can be simulated

by adjusting the high and low frequency cut amount and high frequency
damping. Low frequency decay and cross-over parameters allow relative control
over the low band reverb tail length. This can be used to either simulate real
room responses, which often have a longer decay time at low frequencies or
alternatively can be useful to reduce low frequency energy in a live environment
where it may already be present due to the natural reverberation of the venue.

Input
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Plate Reverb

The plate reverb effect simulates the actual plate reverb devices that were used
in studios in the 1960s and 1970s. They were literally a plate of metal that was
suspended under tension with a transudcer to transmit audio to the plate while
two or more contact microphones were attached to the plate to pick up the
results. The plate reverb has a very rapid build up of reflections and, as a result, is
very dense initially with a fairly smooth decay characteristic. For this reason it is
typically the first reverb choice for percussion instruments.

Reflective surface materials and air absorption properties can be simulated

by adjusting the high and low frequency cut amount and high frequency
damping. Low frequency decay and cross-over parameters allow relative control
over the low band reverb tail length. This can be used to either simulate real
room responses, which often have a longer decay time at low frequencies, or
alternatively can be useful to reduce low frequency energy in a live environment
where it may already be present due to the natural reverberation of the venue.

Plate

Reverb

Stereo Graphic EQ

This Stereo Graphic EQ is a stereo version of the KLARK TEKNIK DN370 GEQ
algorithm used on PRO X's output buses.

Onits release in 2004, the KLARK TEKNIK DN370 was the latest evolutionary stepin a
process of design refinement that goes back over 40 years. With the DN370, KT started
from the ground up and produced a unit that was totally without compromise, and
still considered one of the finest professional graphic equalisers in the world.
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Dynamic EQ
The dynamic EQ is a 4-band parametric dynamic equaliser, which is able to
provide frequency selective compression or expansion. The dynamic EQ features
proportional-q filters that, when boosting or cutting by small amounts, reduce
the bandwidth of the filter compared to the setting at maximum cut/boost. Filter
coefficients are calculated at the audio rate to provide a lightning fast attack
time, which is essential for transparent operation. Each band features a full-band
EQ type that switches out the EQ filter so that the band operates as a non-
frequency selective, or 'full-band' compressor/expander. Flexible routing options
allow for the following configuration modes:

« One chain of stereo 4-band processing.

- Two chains of stereo 2-band processing.

« Four chains of stereo single-band processing.
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Matrix Mixer

The matrix mixer is an eight mono I/0 device with discrete metering for each input
and output. The display of the matrix mixer comprises controls that duplicate the
equivalent ones on the control surface and can be used as an alternative method of
operation. You can link the output EQ settings across channels and also link odd and
even outputs as a stereo pair, which is a GUI-only function.

Unlike the other internal effects, the matrix mixer has two screens (input and
output), which require specific navigational methods (see “Navigating the input and
output screens” on page 156). Both screens provide an overview of the other to save
you having to navigate between them in order to obtain incidental information.

Note: The global tap option does not apply to the matrix mixer.

Input screen

The input screen shows the signal level, delay and output send contributions for
the inputs and, to the right, an overview of the outputs with facility for muting.
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Stereo Chorus
Emulation of dual stereo chorus but with having two units in one rack space.

Stereo Chorus

Stereo Chorus

UNCL.D

UNCL.D is a Multiband Distortion unit, useful for making sound gritty,

adding more warmth through saturation, or even enhancing a specific
frequency region. There are three bands, adjustable by a 24 dB per octave
crossover filter. Each band has an automatic compressor function controlled by
the 'Squash’ parameter, to add more punch to the sound before it goes through
the distortion.

The 'Drive’ parameter controls the amount of distortion introduced to the sound.
This parameter, together with the right distortion type, can instead bring some
soft saturation to the sound.

In the bottom section there is a Mix control and a Trim parameter for each band,
to further balance and manipulate the effect. Moreover, the mute/solo buttons
remove or isolate a band for more precise sound design.

There are three distortion types. going from soft saturation to more aggressive
distortion, and, apart from monitoring the level of the sound on each band, can also
be used to monitor the distortion applied to it with the three bands provided.

The effect also features a Post Filter section, in case additional control is required

over the extra harmonics created by the distortion, and a Cabinet Unit applied to
the output, which can add the characteristic timbre of 11 different cabinet types.

Finally the level of the sound can be controlled by the input and output
gain parameters.

Loudspeaker Processor

The Loudspeaker Processor unit offers a 6-in 6-out mixer with mono summing
options, a delay section, a filter crossover up to 24 dB/octave, a 10-band
parametric EQ, a 2-band Limiter with Peak/RMS characteristics, and finally a
look-ahead brick-wall limiter.

The mixer section gives the option to the user to mix the desired channels in stereo
or mono mode. The summing switch will feed the two channels to the specific
output in mono mode and the gain control will act as pre-amplification of the signal
before it reaches the second section in the chain of effects.

The delay section gives resolution down to microseconds for fine tuning, while
the crossover section after that, provides Butterworth, Linkwitz-Riley and Bessel
filter types up to 25 dB/octave. The frequency response of the crossover can be
monitored on screen.

The next stage is a 10-band parametric EQ giving the option of 10 different

filter types for each band, for accurate signal manipulation. The signal is then
fed to a 2-band limiter, capable of Peak and RMS behaviour for controlling the
dynamics of the low and high frequency range separately. The limiter can also
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work like two limiters in series with the PS (Passive Split) button deactivated.
A crossover parameter is provided for controlling the dynamics of the signal in
two dB regions.

Finally, the brick wall limiter gives a control over the look-ahead size to be
processed. The latency introduced by the look-ahead is automatically calculated
in the delay section, and updates the display in that section.

De-esser

The de-esser is designed to reduce sibilance in human voices, such as excessive
presence of s or f sounds.

Due to the special sibilant detection algorithm, the de-esser is completely input

level independent. This means that the reduction of sibilants will not change if

the input level is changed. For example, changing the microphone amplifier gain

does not affect the detector.

Although the de-esser is primarily designed to be applied on human voices, it can

also be used creatively on other instruments.

o crossover knob Part of the detection algorithm is a matched lowpass/
highpass crossover filter. The crossover frequency is adjusted by the
crossover knob. When a normal, non sibilant, sound is present in the input
the energy will be mostly focused in the lower section on the frequency
spectrum. On the other hand, when a sibilant sound is present most of the
energy will be present in the higher section of the frequency spectrum.
Therefore, the crossover knob is useful for tuning the detector so that the
de-essing mechanism is only triggered by high-frequency energy content,
as it would occur with an s sound.

The optimal crossover frequency value is indicated by the high pass filter being lit

blue only when a sibilant sound is present.

o de-esing knob When a sibilant is successfully detected the amount
of reduction can be adjusted by using the de-essing knob. At minimum
position, the reduction is 0 and equivalent to bypass, i.e. the audio is not
affected. As the user turns the knob clockwise, some MIDAS magic will
reduce the amount of sibilants.

 Enable listen In order to prevent accidental pressing of any of the listen
buttons during a live performance, the Enable Listening button must be
activated before any of the listen buttons can be pressed.

o Listen button When the listen button is pressed (after switching Enable

listen on) the signal from the high pass filter is routed directly to the output

of the de-esser, enabling fine-tuning of the crossover. Note that this happens

in place, i.e. the main output is filtered, therefore the user should be very
careful when using it.

o Chname The user can add a specific name to each channel of the de-esser.

This will be completely scene and preset recallable.
o Bypass When pressed the input signal is unaffected.

« Assignable control pages The de-esser has two different assignable
control pages. The first one allows to quickly access the de-essing knobs
and bypass buttons, whereas the second page provides access to the
crossover knobs

Controls: Meters:

o Bypass e X-Over e (Gain reduction

o De-essing o Enable o Outputlevel

o Listen listen o Spectral balance

Smart Dynamics Processor

The Smart Dynamic Processor is the first example of a new generation of Fxs
based on adaptive signal processing techniques which are able to simplify the
user workflow, without compromising sound quality and versatility.

In particular, the Smart Dynamics is an intelligent dynamic range processor based

on the MIDAS Channel Compressor and is therefore is characterized by the same

unique sound signature. It can operate in two different processing modes: smart

transient mode or smart loudness mode.

The Smart Transient mode is designed to work on the envelope of transient
sounds, like drums or slap bass, and modify its different components in order to
achieve the desired sonic result.

When operating in this mode, 4 different Semantic Controls associated with the
desired sonic result are available:

o the Snap control, insert space which can be used to amplify or to reduce the
attack component of a transient signal;

o the Sustain control, which can be used to amplify or to reduce the sustain
component;

o the Balance control allows the blending of the dry signal with processed signal

in order to get either a more natural or enhanced sound;

o the Output level controls can be used to correct the final output level and
avoid clipping.

The Smart Loudness mode is instead designed to increase naturally the loudness

of any type of sound, without introducing distortion. This is achieved through a
combination of intelligent upward compression and adaptive limiting.

When operating in this mode, the overall perceived loudness of the track can
be increased by operating the Loudness control, The output level can then be
adjusted to avoid clipping.
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This effects unit is based on the TC Electronics M350. It has 2 completely
independent stereo effects units within 1 FX slot and appears as 4 inputs and
outputs in the patching area.

Unit 1 uses input and outputs 1&2 while Unit 2 uses inputs and outputs 3&4. All
parameters are mapped to the assignable controls on the right-hand screen. To
switch between the 2 effects units, use the left and right user arrows next to the
assignable controls.

1. EFFECT SELECT KNOB - 11 types of reverh are available. Ambience, Church,
Gated, Hall, Lo-Fi, Mod, Plate, Room, Spring, Tile and Default. Turn the knob to
choose which type of reverb you require.

2. PRE DELAY - from 0 ms (min) up to 200 ms (max).

3. DECAY TIME - from 0.100 s (min) up to 20 s dependent on which
effect type is chosen.

Decay min — max (in seconds)
Ambience 0.100 - 2.000
Church 0.100 — 20.000
Gated 0.100 - 20.000
Hall 0.100 - 12.000
LoFi 0.100 - 7.000
Mod 0.100 - 20.000
Plate 0.100 — 20.000
Room 0.100 - 5.000
Spring 0.100 - 6.000
Tile 0.100 - 2.000
Default 0.100 - 6.000

4. COLOUR FILTER - applies a filter to the effect. Turned to the left, high end
attenuation occurs; turned clockwise to the right, low end attenuation occurs.

5. MIX RATIO — adjusts the wet/dry balance. Turn fully right for
a completely wet signal.

MIDAS Spectrum Analyser

The MIDAS spectrum analyser allows the user to see the frequency response

of any input or output in two different ways, spectrum or spectrogram in real
time. If follow channel mode is selected the analyser will also appear behind
the channel EQ display when the EQ detail area is called to the GUI. If follow solo
mode is selected, the analyser will follow which ever input or output is soloed
on the chosen solo bus. This function allows the user to see the EQ changes to
frequency’s in real time.

1. SPECTRUM or SPECTROGRAM mode selection.

2. SMOOTHING - adjustable between 0%-100%. Note 100% will produce a flat
line response.

3. AVERAGING - adjustable between 0%-100%. Changes the average display
time of the analyser.

4. FFT SIZE - Changes the scale or resolution of the display.

5. WINDOW TYPE - choose between, Blackman, Hamming, Hanning, Harris or
Rectangular smoothing curves.

6. FOLLOW CHANNEL - When selected the analyser will be displayed in either
the left or right EQ detail area.

7. FOLLOW SOLO — When selected the analyser will follow the chosen solo bus.
You can also use the ADD button in the Monitor A and B sections to see multiple
solos at once.

8. FREQ RANGE — choose between 20-24 kHz or 20-48 kHz scale.

9. AUT - Selects whether the analyser will follow automation or not. This
operates the same way as the Channel Safe automation buttons.

10. STORE PRESET — Allows the user to store a preset of analyser settings
11. LOAD PRESET — Allows the user to load a preset of analyser settings.
12. CLOSES EFFECT — minimizes the effect unit.

13. SNAPSHOT MANAGER - opens the snapshot manager.

14.Z00M - adjusts the scale and display of the analyser.

15. MARKERS — Markers can be placed at a chosen point for reference.

16. MARKERS RESET — Click here to reset all markers back to their default
position if they have been moved to magnify part of the display. This gives
the maximum view possible of the display.
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Snapshot manager allows different EQ traces to be stored allowing the user to
see at a glance the difference in frequency response. Traces can be colour coded,
turned on and off, named and deleted in this window for future reference.

Press the camera button to store a new trace. You are allowed a maximum of

8 snapshots.
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Overview

The Automixer will take in up to 24 channels of audio and will decide which
channels should be heard and to which degree. This can be configured by a
number of controls and options which are detailed below.

o Automixer can mix up to 24 inputs at once
o Each effect slot takes up to eight inputs

o Three Automixers can work together in adjacent FX slots
(e.g. slots 1-3, 4-6, 7-9) to create 24 simultaneous inputs

o All 24 channels are indicated at the top to the Automixer screen

o This section also indicates which bank of 8 channels is currently being
displayed below in the main Automixer section

Set-up/Patching

o Patch audio source from the insert send directly to the Automixer in the
FX slot via the Patching page

o Patch the single output from each effects slot to an appropriate channel for
output (e.g. Aux Return 1 for the return from Automixer 1, Aux Return 2 for
the return from Automixer 2 etc.)

o DONOT patch from the effect back to the insert return.

o DO NOT route input channels to masters, instead route the
post-automixer returns to the Masters.

Features and Settings

Priority

o Highest priority gets heard first.

o Level of priority controls level/amount of compression.

Forlowest priority to be heard, all higher priority channels must be silent.
Channel options

o Channels in Automixer can be assigned individual names — independent of
the original channel name. These names are only displayed on the Automixer
only.

e Muting a channel will remove that channel from the mix.

o Bypass will allow channel to pass through to output without being affected
by the Automixer.

Groups

o Thereare three groups: A, B, C

o (Channels can be assigned to one of the three groups, or to no group at all
o Whole groups can be muted

o Groups can have the override function activated (see below)

Override

Absolute Priority can be given to a channel within a group by
turning on its Override.

Override must be active for both the channel and its group
e.g Channel 1-3 are assigned to Group A

Channel 2 has Override activated

Group A has override activated

Channel 2 can be heard coming through on the mix as the only channel
in the group

Channels 1and 3 do not come through on the mix
Channels in other groups will behave as normal
Meters and indicators

Blue meters show level of boost or attenuation being applied to a channel by
the Automixer (both small blue meters and full size blue meters)

Regular meters show output level of channel after
boost/attenuation by effect.

A green dot is displayed under each meter to indicate it is ready to receive
and process audio. This dot also changes colour to indicate other states:

Purple dot under small meters shows channel has been overridden
within its group.

Yellow dot shows channel has been Bypassed.

Red dot shows mute (either individual channel mute or as
member of muted group)
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Chapter 17: Control Groups

PRO X control groups comprise VCA/POP groups, auto-mute groups and talk

groups. This chapter explains the function of each group and shows you the areas
on the control surface and GUI that are used for their operation and management.
Many of the control group functions can be operated at either the control surface

or GUI. Each control group has its own area on the control surface from where
its groups can be set up and recalled, and there is a main option in the GUI menu

" @™ VCA Groups

population groups

POPgroups

VCAgroups <

VCA and POP groups on the control surface and GUI

There are 10 VCA groups. Their controls, such as fader, LCD select button etc.,
are housed in fast strips at the bottom of the mix bay. POP groups, however, are
fewer in number (eight-off). These only have an LD each, and are housed in a
population groups section just above the VCAs.

The GUI provides full support for the hardware controls. This is in the

VCA Groups screen of the GUI menu, which also includes an unfold button and
asolo area B button for each group. This screen also provides VCA/POP group
configuration and management functions.

(Control Groups) from which you can open the Groups Sheet screen and the
group-specific screens. Using these screens, you can configure and operate the
groups, and also manage group membership.

VCA and POP groups

Using the VCA/POP group controls, you can bring selected channels to the control
surface for joint control. The VCA/POP group sections are situated at the bottom
of the mix bay. When a VCA/POP is selected, its members are unfolded to the
input bays.

F }- POP groups

VCA groups
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Each VCA/POP group can have a combination of channel types as members,
although it is usual to have only either inputs or outputs. Only the input channels
are unfolded to the control surface (in the input bays).

>>To open the VCA Groups screen
At the GUI, choose home » Control Groups » VCA Groups.
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VCA fast strips

The VCA groups section contains 10 VCA fast strips. Each strip contains an LCD select button, a solo routing section and a fader. The solo routing section activates solo
routing and selects which monitor section (A or B) the signals are routed to. The GUI has additional controls.

FOP1
unfold

VCA fast strips on the control surface and GUI

oo RomoRomo Momomoms
womom'ow's wowowom's omowow's | o

Item Control Function

1 LCD select button Selects the VCA group and is also used for group membership management. For more information, see
“Navigating the input channels” in chapter 7.

2 mute safe LED [lluminates to show that mute safe is on.

3 fader safe LED [lluminates to show that the VCA control group fader has been removed from scene recall.

4 vca control group fader Adds its level control on top of the local channel fader controls of the group members.

5 SOLO button Activates signal routing from all assigned channels to the monitor A section of the control centre. It is
used to monitor the VCA master faders by creating a mix on the solo buses, which consists of all input
channels and audio mix groups that are assigned to control from corresponding VCA masters.

6 MUTE switch This is, technically, not a mute but a fader minus infinity (-oo) switch that overrides the VCA group
master (without moving its physical position). The VCA group mutes can be stored and recalled as
part of the scene automation. When on, it mutes all post-fader signals from channels that have been
assigned to the VCA group master (regardless of local press, scene mute and SIP mute, which affect
only the mute status indicator while channel is muted by VCA). However, it does not update the mute
status indicator on the channel (only channel outputs). On removal of the VCA mute, the channel
outputs are updated to the current state of the channel mute status indicator.

The VCA control group mute has been removed from scene recall and auto-mute action. When
mute safe is active, all channel mute activation methods, other than by local press, are ignored.
De-activating the mute safe condition re-evaluates and applies the current status of auto-mute and
SIP mute.

7 Area B button (GUI only) Changes input channel selection from default (area A) to those input channels set to area B mode —
in the input bays.

8 unfold button (GUI only) Assigns the VCA group to the control surface, unfolding the group members to the input bays.

9 VCA/POP group ID Fixed and user-configured name of group.

10 User (GUl only) User mode can be used to reorder channels in a VCA/POP group. They appear from left to right.

The full function is described on the next page.

(EN
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POP groups

The POP groups have limited functionality (see “Using VCA/POP groups”

in Chapter 14). Each group has an LCD select button on the control surface and an
unfold and area B button on the GUI. These controls function in a similar way to
those in the VCA groups.

Working with VCA/POP groups

When you recall a group, its input channel members are unfolded to the control
surface of the 12-channel input bay. They are displayed from right to left across
the control surface in ascending order (according to channel number). When this
bay is full, population starts at the right of the 4-channel input bay. Any input
channel members remaining will not be visible, but they can be navigated to the
control surface using the navigation controls (see “To assign an input channel to
the control surface” in chapter 7).

When you deselect a VCA/POP group, its settings revert to those that were
current when the group select button was last pressed. Recalling another VCA/
POP group deselects the one currently selected.

For information on group selection and navigation, see Chapter 6 “Working With
The Control Centre” and “Navigation” in chapter 7.

>> To select another group

With a group already selected, select another group by pressing the LCD select
button of the desired group.

>> To clear group selection
Press the LCD select button of the currently selected group.

Auto-mute (mute) groups

User mode for VCA and POP group re-ordering

>> To activate user mode

Navigate to the “VCA Groups” configuration page and select the “user” option for
the VCA or POP group you wish to re-order. N.B. Going into User Mode will clear
any current VCA or POP assignments

>> To reorder channels in a group

Either: select the group channels in the order you wish them to appear Or: from
the surface

1. Select and unfold a user mode VCA or POP group to the surface
2. Selectand hold the channel you wish to move
3. Select the channel in the slot you wish to send the initial channel to

All channels in between the two selected positions will shift one place towards
the initially selected channel

>> Toinclude a blank channel

Either remove a channel from the user mode group from within the configuration
page or select the first blank channel on the surface (adjacent to the last

channel in the unfolded VCA or POP group) N.B. When in User Mode, the VCA /
POP members are displayed on the console surface left-justified, as opposed to
Standard Mode where they are displayed right-justified

For details of VCA/POP group configuration and operation, see “Using VCA/POP
groups” in chapter 9.

You can simultaneously mute any channels you want. This is done by assigning them to an auto-mute group. You can have up to eight auto-mute groups, which are
located in the auto mute groups section (just above the primary navigation zone). A group is muted by pressing its auto-mute button.

' @™ Mute Groups

seLect

Auto-mute groups on the control surface and GUI
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Item Control Function

1 MUTE switch Mutes/unmutes all of the assigned channels. Also, the same channel can be assigned to more than
one auto-mute group — the channel will be auto-muted, while any of the mute groups to which it is
assigned are muted.

2 SELECT switch Programs the auto-mute channel assignment. Shows current assignments to auto-mute group and
allows them to be changed.

3 Name field Default and user-configured auto-mute group name.

Auto-mute groups are managed via the Mute Groups screen, from where An auto-mute off condition can happen because of:

you can assign channels to any of the groups. You can configure the name

o Deactivating all of the assigned auto-mutes.
and background colour of a mute group at the Groups Sheet screen

" . ” « Unassigning all of the active auto-mutes.
(see “Configuring the groups”).
. o Recalling a scene that de-assigns all of the active auto-mutes.
An auto-mute on condition can happen because of:
o Activating an assigned auto-mute. >> To open the Mute Groups screen
 Assigning an already active auto-mute. At the GUI, choose home » Control Groups » Mute Groups.

o Recalling a scene that assigns an already active auto-mute.

Talk groups

The Talk Groups screen manages the members of the talk groups. Each talk group section shares control with the talk osc/routing section on the control surface
(see “Talk osc/routing” in chapter 14).

_ i TalkG1 L
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Talk groups on the control surface and GUI

Item Control Function

1 Name field Default and user-configured talk group name.

2 Button User-assignable talk group button.
>> To open the Talk Groups screen o Pressand hold down (for more than one second) a talk group button other
Atthe GUI, choose home » Control Groups ¥ Talk Groups. than the one currently active. This will activate the talk group whose button

you are pressing.

>> To deactivate a talk group o Switch off both the TALK (internal) and 0SC (internal) buttons.

Do one of the following:
o Press the button of the talk group that is currently active.
o Quickly press a talk group button other than the one currently active.
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About the control group screens

Each type of control group screen has — apart from the channel strip, which is
common to most screens — two main areas (shown right). The management
section at the top lets you choose the group members, and is common to all
control group types. While the bottom section contains the controls and sections
specific to each type, which are described later on in this chapter.

veaivcal

veAzvcaz

Management
section
(common)

> Group-
specific
section

Management section

The group management section of each control group screen has two main
panels. The left panel has five group-dependent lists of channels/mixes from
which you can choose group members. The right panel contains the current
group members (the example below shows a VCA group). Group members are
moved between the two main panels using the ADD and REMOVE buttons.

Typical management section of control group screen

Item Element Description
These group type-dependent lists let you choose
which inputs, returns, auxes, matrices and masters
Group member .
1 o you want as members in the selected group. If
selection lists . .
necessary, use the slider on the right of a panel to
access all non-members.
2 Name field Name of selected group.
3 E;?]lélr member List of the current members of the selected group.
4 CLEAR button | Clears current selections
Moves the non-members (selected in the group
5 ADD button member selection lists) to the group member
panel, adding them to the group.
Moves the members (selected in the group
REMOVE member panel) back to their respective group
6 - .
button member selection lists, removing them from
the group.

Programming the groups

In general, you can use either the control surface or GUI to create, manage and
recall the groups. However, you might find it easier to use the GUI, as all of the
channels are available simultaneously on the screen.

>> To program a VCA/POP group at the control surface
For details, see “Using VCA/POP groups” in Chapter 14.

>> To program a mute group at the control surface

1. Inthe auto mute groups section (master bay), press and hold the SELECT
button of your chosen auto-mute group.

2. Do one of the following:

« Toadd inputs to the group, press the LCD select button of each input
channel you want in the group. If necessary, navigate the desired input
channels to the control surface.

« Toadd outputs to the group, press the quick access button (bottom of
each output fast strip) of each output you want in the group. If necessary,
navigate the desired output channels to the control surface.

>> To program a VCA/POP, auto-mute or talk group at the GUI

1. Atthe GUI, open the screen of the desired control group type. For example,
fora VCA group open the VCA Groups screen.

2. Click the group. For example, VCAT.
3. Click the channels that you want to add to the group.
4. (lick ADD. The channels will be moved to the group member panel.

If you want to remove any members from the group, click the channels that you
want to remove from the group (group member panel). Then, click REMOVE.
The channels are moved back to their respective lists.

Configuring the groups
home » Control Groups ™ Group Sheet

The Group Sheet screen lets you change the name and background colour of
each group as they appear on the GUI screen and LCD select switch

(see “Configuring the inputs and outputs” in chapter 9). Additionally, you can
change the colour of all the current members of the group to match the group

colour by clicking the fill button .

©™ Group Sheet
e ¢

Typical Group Sheet screen

>> To open the Group Sheet screen
At the GUI, choose home » Control Groups » Group Sheet
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Chapter 18: Copy And Paste

The PRO X has a number of copy and paste features to make it easy to transfer
useful settings to other areas. You can copy and paste the following:

o Processing areas across channels — see “Using copy and paste”
in chapter 9.

o Parameters through scenes — see “To copy and paste sections to a
scene(s)” in chapter 9.

o Scenes — see “To create a new scene using the current settings”
in chapter 9.

e Shows — see “To save a show or create a new one from the current
settings” in chapter 9.

o Events — see “To copy and paste an event” in chapter 9.

o Presets — see “To create a new preset library from the current one”
in chapter 24.

store load
preset preset

:

copy - paste -

Copy All

Copy Contributions

stare load
preset preset

copy - paste -

none >’

Paste To All

Paste All Sections

Paste Contributions

Channels versus scenes

The fundamental difference between copying through channels and copying
through scenes is that the former is location-based, while the latter can

be thought of as being time-based. However, the areas (and parameters)
that are copied across are similar (see Appendix N “Parameters Affected

By Copy And Paste”).

You can choose which control areas are copied and pasted across scenes via the
Show Editor screen (see “Show editor” in chapter 9).

(EN
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Chapter 19: Assignable Controls About the | zone

(l Zon e) The assignable controls section on the control surface — or “l zone” — has
full GUI support (master bay GUI screen only) and operates in one of two ways:

 Controlling any rotary on the control surface You can assign any of the
control knobs (rotaries) on the control surface — and also any belonging to
the internal effects — to any control knob in the | zone.

o Operating an internal rack unit of the PRO X You can adjust the critical
controls of an internal effect or GEQ rack unit via the | zone.

Although you can switch back and forth easily between the two methods,
the | zone gives precedence to the rack unit assignments.

This chapter describes the assignable controls (I zone) of the master bay and
shows you how to use them to operate the internal effects and GEQs of the PRO X,
and also any of its control knob functions on the control surface.

Navigation
User-assignable controls for
controls internal devices

=0 i3
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ass|gnable controls we un . |FEE

| I I
Single set of | zone Control Assign/unassign | zone quick
controls knob button access button ——

Figure 22: 1 zone controls on the control surface

Controlling a rotary control About the Assignable Controls window
This is an important function of the | zone, which lets you control any of the The Assignable Controls window lets you choose which controls you can operate
control knob functions on the control surface, such as gain trim (input fast from the | zone. It shows the current assignment and status of each assigned control.

strips), compressor/gate threshold (channel strip) and level (output fast strips),
and even the internal effects. This means you can have quick access to the
controls that are currently the most useful to you.

. . ) 2Wya 0 20,4 0 20,4 0 300,.,2.5K-30 4 o -10 o5
Additionally, you can assign the tap function of the Delay effect to an L(D W ol o | g ) fEb
button in the | zone, which lets you set a delay time manually. For details, B gy 20 |0 4 0 |40 4y T |50, Tk i gy 01

gaintrim | gaintrim | gaintrim | frequency | range pan

see “To manually set the tap time of an effect”. =
- e . R s =

Unassigned l=ll AR1 AuxR1 [wf Aux Return Matrix Send 13 pan ™=
|| inputs = E Aux Return Matrix Send 15 pan

Aux Sends AR3 AuxR3 Aux Return Analogue gain

Matrix AR4 AuxR4 Tape Return analogue gain g

Aux Returns —

AR5 AuxR5 ] Trim level

Item Element Function
Channel name, with background colour to match the default/user-defined
1 Name field
channel colour.
2 Control knobs User-assigned controls.
3 Button Assign/unassign button.
4 Control selection lists Thgse offer you all the available options from which to choose your rotary control
assignment.
Option list Available control options for the selected channel/effect.
Option list Available channels/effects for the selected channel type/effect.
7 Ontion list Available channel types/effect. The options are: Unassigned; Inputs; Aux Sends;
P Matrix; Aux Returns; Masters; and Effects.
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The following are some useful points to know about controlling a rotary control o Analternative method is to press and hold down an | zone assign/unassign
and the Assignable Controls window: button in the assignable controls of the control surface. Then, on the GUI

o You canassign any of the internal effects’ rotaries to the (maser bay screen), dlick the desired control.

Assignable Controls window. >> To unassign a control in the | zone

»  Youcan'tuse the Assignable Controls window with the GEQs. 1. Inthe Assignable Controls window on the GUI, click Unassigned in the far
«  You canassign a control to the | zone via the control surface or the GUI. left panel (bottom of window).

>> To open the Assignable Controls window 2. (lick the desired | zone assign/unassign button.

1. Make sure that the master bay GUI screen is not displaying an internal device 55 To manually set the tap time of an effect
(effect or GEQ). If necessary, select another screen via the GUI menu or by . . , .
ressing a screen access button in the primary navigation zone 1. Assign the desired effect’s delay time parameter to an | zone control.
p ] ' (Choose Effects in the left panel and then the desired channel and delay
2. Pressthe | zone quick access button (see “I zone controls on the control surface” time parameter from the other panels.)
in Chapter 30). The Assignable Controls window will open at the master bay

GUI screen; in the example shown below o controls have been assigned. 2. Tap the assign/unassign button of the | zone control (just as you would the

Tap button of the effect) to achieve the desired tap time.

The PRO X measures the interval between taps. It uses the most recent taps
to calculate the average tap time, which is constantly updated according to
each subsequent tap. This value is displayed on the effect’s front panel in the
appropriate Range field and is also indicated by the control knob
immediately left.

>> To assign a control to the | zone
Open the Assignable Controls window and do one of the following:

« Intheassignable controls section (I zone) on the control surface, press
and hold down an | zone assign/unassign button. Operate the desired
control; if necessary, navigate its channel to' the control surface ﬁrst. Usin g the | zone to control an

o Atthe master bay GUI screen, open the Assignable Controls window and internal effect/GEQ
select the control you want to assign from the three panels at the bottom of

the window (see “About the Assignable Controls window”). For example, As the internal effects and GEQs of the PRO X are primarily GUI-only features,
choose the compressor ratio control of input channel 34, Then click one of ~ control surface support s provided by the  zone, which lets you operate their
the overlying assign/unassign buttons (as shown below). parameters using physical controls.

With an internal rack unit selected at the master bay GUI, a set of its parameter
controls will be automatically assigned to the | zone. Each individual set of

[ zone controls will have its own single control assignment. To encompass all of
arack unit’s parameter controls they are bundled into sets — known as ‘pages’
for effects and ‘groups’ for GEQs — which are navigated using the | zone’s
arrow buttons.

About the assignable controls panel on the GUI

The assignable controls panel is displayed at the bottom of the effect/GEQ window (output bay GUI only). It gives a pictorial representation of the | zone and displays
additional information, such as button and control knob assignments, current ‘page’ number etc. This panel also provides an alternative method of operating the
[ zone controls.

T Effects " Graphic EQs

Assignable
controls
panel

ii
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E N ) The following diagram explains the elements of the assignable controls panel. It uses the one for the effects as a example, but this also applies to the GEQs.
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Item Description

1 Effects only: Shows which ‘page’ of parameters is currently selected to the | zone, in the format: [page number]/[total number of pages].
For example, the diagram above is displaying page 1 of 3 pages.

2 Single set of | zone controls (button and control knob).

3 Assign/unassign button.

4 Effects only: Description of the effect’s button currently assigned to the button. GEQ only: Will show either the text “zoom n”
(where nis a number from 1to 8) or “overview” to indicate which display you are in, that is, overview or zoom, respectively.

5 Navigation buttons, which replicate the arrow buttons in the | zone (see Table 13 below).

6 Parameter description of the assignment of the overlying control knob.

7 Control knob. Includes gradations and dimensions applicable to the assigned parameter.

8 When an | zone control is unassigned, it is displayed as a ‘ghost” image. (This also applies to the buttons.)

>> To operate the assignable controls panel at the master bay GUI

You can use the GUI to operate the effect/GEQ assigned to the | zone by doing any of the following:

To

Do this in the assignable controls panel

Select a different effect/GEQ

Click the up/down arrow buttons

Click the left/right arrow buttons to navigate to a different page (effects) or zoom

Change the | zone control assignments display (6EQs)

Operate a button on the front panel of an effect/GEQ

Click the desired LCD button

Operate a control knob on the front panel of an effect/GEQ

Use drag on the desired control knob

Rack and unit control navigation

The assignable controls panel on the control surface has four navigational buttons that let you select a rack unit on the GUI and choose which of its page/group of

controls are assigned to the | zone.

Table 13: | zone navigation button functions

Control button Does this when controlling the effects Does this when controlling the GEQs

Scrolls through the ‘pages’ of the selected internal effect in In zoom view, scrolls through the zoom displays. This has no
Left arrow descending order. This has no effect if you are already at the effect if you are already at ‘zoom 1" display. This has no effect in

first page or there is no effect selected. overview display.

Scrolls up the effects rack, changing unit selection accordingly. Scrolls up the GEQ rack, changing unit selection accordingly.
Up arrow . "

Stops at the top rack position. Stops at the top rack position.
Down arrow Scrolls down the effects rack, changing unit selection Scrolls down the GEQ rack, changing unit selection accordingly.

accordingly. Stops at the bottom rack position. Stops at the bottom rack position.

Scrolls through the ‘pages’ of the selected internal effect in In zoom view, scrolls through the zoom displays. This has no
Right arrow ascending order. This has no effect if you are already at the last effect if you are already at ‘zoom 8’ display.

page or there is no effect selected. This has no effect in overview display.

0 Don't forget that you can
also operate the selected
effect or GEQin their respective rack
unit view. For example, the Effects
screen (shown right).
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>> To assign an internal effect/GEQ to the | zone 2. Select the desired rack unit by doing one of the following: ( E N
1. Atthe output bay GUI screen, do one of the following: o Inthelzone, use the up and down arrow buttons of the Shift function
« Tocontrol one of the internal effects (for example, a phaser) using the to navigate to the desired rack unit. Select the unit by pressing
[ zone, open the Effects screen. SHIFT + open.
«  To control one of the GEQs using the | zone, open the o Atthe output bay GUI, click the desired rack unit.
Graphic EQs screen. The window of the rack unit will open, containing the assignable controls

panel at the bottom. A page/group of parameters will be automatically
assigned to the assignable controls panel and the | zone.

You can now control the rack unit using the | zone.

>> To change the | zone control assignments
Click the left/right arrow button.

In view 2/4 of the 3-band compressor effect the | zone is assigned to the Mid section. Clicking the right arrow takes you to view %, and the | zone is now assigned to the
Hi section. If you clicked the left arrow instead, this would take you in the opposite direction to view %, and the | zone would be assigned to the Lo section.

>> To change to another device in the rack >> To operate a control knob of an effect

Click the up/down arrow button. This will open the next device (effect/GEQ) 1. Make sure that the effect’s control knob you want to operate is assigned to
in the device window. If there is no device assigned to the newly opened rack the | zone. If necessary, navigate the effects page containing the desired
position, the device window will be empty. button to the | zone.

. . . 2. Adjust the desired control knob.
Controlling an internal effect via the | zone

When controlling an effect, the GUI shows the current button and control knob
| zone assignments.

>> To operate a button of an effect

1. Make sure that the effect’s button you want to operate is assigned to the
[ zone. If necessary, navigate the effects page containing the desired button
to the | zone. (The text at the top of the LCD button indicates its assignment.)

2. Press the desired | zone button.
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Controlling a GEQ via the | zone

You can use the | zone to adjust the faders and controls, such as the high/
low pass filters, notch filters, slope etc., of an internal GEQ. For information
on opening the Graphic EQs screen and selecting a GEQ, see Chapter 15,
“Graphic Equaliser (GEQ)".

Similarly to the internal effects, there is an assignable controls panel
on the GUI (see “About the Assignable Controls window”). However,

BN ®™ Graphic EQs

to accommodate the faders there are, effectively, two levels of display, known as
“overview” and “zoom”.

The overview display appears initially when you open the window of the GEQ,
and lets you adjust a group of GEQ faders simultaneously. Each LCD button in
the | zone is assigned to a group of faders. For identification, the groups are
numbered, as shown in the following diagram.

(encircled)

assignable controls | ¥ |

zone

Figure 23: Fader group control knob assignments in the overview display
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The zoom display comprises a number of screens, which are accessed via the LCD buttons of the overview display. The following diagram shows all of the available E N
zoom displays and includes a typical example of what the assignable controls (control surface and GUI) will look like just after a GEQ has been selected.

Zoom
displays

NN @™ Graphic ERs

verview
display

ENTER  DEVICE
| 4 |

assignable controls | ¥ |

I zone

Figure 24: | zone LCD button assignments in the overview display
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>> To switch between the overview and zoom displays

Do one of the following:

 Toopen the overview display from one of the zoom displays, press any of the
LCD buttons in the | zone.

 Toopen azoom display from the overview display, press the desired LCD
button in the | zone.

>> To navigate the zoom displays

If you are at a zoom display and you want to go to another one (for example,

to adjust a fader or front panel control) use the left and right arrow buttons

in the assignable controls panel (see “Rack and unit control navigation”

in Chapter 30). For diagrams of the available zoom displays, see Figure 24 “I zone
LCD button assignments in the overview display”.

>> To adjust a group of faders simultaneously in the
overview display

Make sure the overview display is shown on the GUI and adjust the appropriate
control knob in the | zone. The group of faders will adjust in equal amounts from
their relative positions. However, continual adjustment will eventually take all of
the group’s faders to the maximum/minimum extent.

>> To adjust a single fader in a zoom display

If necessary, navigate the desired zoom display (containing the fader you want to
change) to the GEQ window. In the | zone, adjust the desired control knob.

Note: You can also adjust a single fader in the overview display using drag, or in the
rack view (with the GEQ window closed).

>> To operate a button or control knob of a GEQ

For details, see “To operate a button of an effect” and “To operate a control knob
of an effect” in Chapter 30.
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Chapter 20: Scenes And
Shows (Automation)

This chapter shows you how to use scenes and shows, which are part of the
PRO X’s automation.

About automation

Automation is predominantly a GUI-only function that allows complex editing

of scenes and the creation of show files via the GUI menu. The control surface
provides limited control via the automation section, which facilitates fast store/
recall operation during show time and rehearsals.

The automation system of the PRO X can store and recall up to 1000 scenes, each
one being a snapshot of the control centre’s settings at the instant the scene was
created. By recalling scenes, users can — with certain exceptions — restore
the control centre to the state that existed at that time the scenes were stored.
This makes it ideal for multi-act tours by providing quick and accurate access of
settings for the band with a minimum of sound check time, as well as for theatre
productions, where each act requires reconfiguration of audio 1/0.

All of the scenes for a show are contained within a show file. Show files are stored
in the PRO X, so that they can be loaded when required, and they can also be
transferred to/from external USB storage devices.

Events provide an additional scene control by which you can use the MIDI, GPIO
and ‘internal’ functions to trigger events on internal and external devices from
within the show file.

For theatre applications, channel settings can be recalled (across all scenes) from
the user library (see Chapter 24 “User Libraries (Presets)”) so that one generic
show can cope with different performers on a night-by-night basis, which is
common in theatres.

You can copy certain parameters through scenes by using the

Show Editor screen. For more information on the Show Editor screen and for
details on how to use it for copying and pasting throughout scenes, see “Show
editor” in chapter 9. For details of the parameters that can be copied through
the scenes, see Appendix P “Parameters Copied Through Scenes”.

Throughout this chapter, wherever scenes are mentioned this also applies to
point scenes, unless otherwise stated.

Automation controls

Although automation is supported on the master bay control surface by the
automation section, it also requires large amounts of screen support. The GUI
provides this in the form of an Automation screen that gives full scene and
show file support, and also scope and event features. Additionally, the GUI has a
Files screen for show file management and transfer.

The following diagram explains the automation section of the control surface
and shows the location of their equivalents on the GUI's Automation screen.

automation
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Automation controls on the control surface and GUI
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EN)

Item Control Function

1 Red cancel button (ancels a store operation and closes the Store window
(illuminates to prompt when this button is active).

2 Yellow now/[NOW] button Recalls the currently highlighted scene in the cue list, clearing any unsaved adjustments.
Changes scene selection to the next scene/point scene (highlighted in green) in the cue list.

3 Green next/[NEXT] LCD button For details of the button’s display information, see “next LCD button” in Chapter 30. (The GUI's NEXT
button does not display any information.)
Quickly dials the scene numbers beyond the capability of the ‘last” and ‘next’ buttons by scrolling the

4 Jog wheel . : . .
now’ scene through the cue list one scene/point scene at a time.

5 Red last/[LAST] button Changes scene selection to the previous scene (highlighted in red) in the cue list.

6 Green ok button Confirms an action (illuminates to prompt when this is necessary).

7 Yellow store/[STORE SCENE] button Opens the Store Scene window (§ee To create a new scene using the current settings” in chapter 9)
and lets you store the current settings to the currently selected scene.

next LCD button Using the right-click menu

The next LCD button in the automation section has two modes of operation—
as a ‘next’ button and, when using the jogwheel, as a ‘now’ button. As a ‘next’
button it will display “NEXT” when there is another scene in the cue list — of
higher value — that you can move to. When “End” is displayed the current scene
is the last in the cue list. However, when using the jog wheel the next button’s
display changes to provide scene/point scene information (as shown below).

automation Delete
Copy 4
. : s
10
o Expand
. 26.1 9 scene/point Un-Expand 1
scene number
last now g .
Scene 2 Multi-Edit » 1
Scene name. 10.5
6 ’ Invert Selection !
Clear Selection
Exit
11 }

Automation screen

You can access some of the functions of the function buttons and also additional
ones by right-clicking the desired scene/point scene. This opens a menu
(shown below) that has the following options:

«  Edit: Opens the Edit Scene Properties window.
o Add: Opens a submenu with the following options:

The Automation screen can be broadly divided into the following main
areas (domains):

e Scenes — see “Scenes”.

o Shows — see “Show files”.

o Scope — see Chapter 21 “Scope (Automation)”.
o Events — see Chapter 22 “Events (Automation)”.

For details on how to open the Automation screen, see “To open the Automation

screen” in chapter 9.

Overwrite Scene: Overstores the scene with any changes made.

For example, if you are working on scene 2, and you have made changes
to it, right-click on scene 3 and then select Add > Overwrite Scene,
and scene 3 will be overstored with the changes made to scene 2.

Insert Scene: Inserts the scene you have just copied immediately
before this one.

Midi Event: Creates a MIDI event in the scene.

Internal Event: Creates an internal event in the scene.
GPIO Event: Creates a GPIO event in the scene.
Crossfade Event: Creates a crossfade event in the scene.

o Delete: Deletes the selected scene (see “Copying and deleting scenes”).
o (opy: Copies the selected scene (see “Copying and deleting scenes”).
o Paste: Pastes the scene you have just copied.

o Expand: Expands the scene/point scene (see “To expand a scene/
point scene”.

o Un-Expand: Closes the point scenes of the current scene/point scene
(see “To expand a scene/point scene”).
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o Multi-Edit: Opens a submenu with the following options:
o Set List: Opens the Set List window.
o Show Editor: Opens the Show Editor window.

o Invert Selection: Any scenes that have been ‘checked’ (that is, their check
box in the Edit column contains an “X") become unchecked, and vice versa.

o (lear Selection: Unchecks any scenes that have been checked.

Scenes

The scene management areas of the Automation screen are intended for fast
operation during show time and rehearsals. They let you edit, copy, delete, store
and recall scenes, and can be broadly subdivided into the following areas.

o Exit: Closes the right-click menu.
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Scene-related elements of the Automation screen

Item Element Item Element Description

1 Scene panel Contains scene number, title and notes pertaining to the ‘next’ scene.
2 STORE SCENE button See “Automation controls”.

3 Scene cue list See “Scene cue list”.

4 REORDER SCENES button See “Changing the order of the scenes”.

5 Zoom List spin buttons See “Using zoom”.

6 UNEXPAND button See “To close the point scenes of a scene/point scene”.

7 EXPAND button See “To expand a scene/point scene”.

8 DELETE, PASTE and COPY buttons See “Copying and deleting scenes”.

9 EDIT button See “Editing scene properties”.

10 Scene panel Contains scene number, title and notes pertaining to the ‘now’ scene.
1 Show information panel See “Date and time” in Chapter 30 and “Automation controls”.

For details of how to navigate the scenes with the jogwheel, recall a scene and
create a new scene from the currently selected one, see “Managing the scenes” .

in chapter 9.

Scene contents

A scene contains all of the control centre settings that existed at the point of

creation, except:

« Anything that s explicitly taken out of recall (or store) using the automation

scope controls.
¢ All solo, monitor and comms section controls.
o All'surface selection or navigational control settings.

Additionally, each scene can contain:
Scene information, including name and notes.
o Event (MIDI/GPIO/internal).

Point scenes

For every scene there are 10 point scenes available, and each point scene has
another 10 point scenes. Point scenes are the same as scenes. They allow each
scene to be divided into smaller sections.

(EN
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Numbering and navigation

As scenes need to be recalled in sequence, each scene requires a

sequential number. So, although there is a maximum of 1000 scenes, the range
of scene numbers is much greater to allow for gaps to be left for adding scenes

without having to renumber the subsequent scenes — a major requirement in
scripted shows. To facilitate this, each scene has an associated four-digit, two-

decimal place scene number, giving a possible 99 point scenes per main scene.

The scene number locates the scene in the sequence of stored scenes and is the
basis of scene navigation.

To navigate the scenes, the jogwheel on the control surface goes beyond the
scope of the one-step automation buttons (last, now and next) by allowing
you to scroll quickly from one scene to the next. Identification of current scene
position is shown by the yellow background strip. The next and previous scenes
are similarly highlighted, but by green and red, respectively.

Global scene

The GLOBAL scene, which is always at the beginning of the scene cue list, lets
you create events that will be included in every scene. Global events are created
just as you would for any other scene. Events of a similar type in other scenes will
override the global ones.

Initial snapshot scene (safe scene)

All'scene numbers are available for storing scenes except scene 0, which is called
the “safe” scene. This scene is the control centre’s initial snapshot scene, and

is created by the control centre and cannot be overwritten by the user. Itis the
only snapshot existing when the show is stopped or when the user subsequently
clears the control centre down.

When recalled, it sets the control centre — regardless of scope settings —toa
safe state in which it is not passing any audio. The settings include:

o All mutes off.
o Gainsaresetto0dB.
o Alllevels are at minus infinity (-oo) dB.

o Allfaders are at minus infinity (-c0) dB — except VCA faders, which remain
at0dB.

Date and time

The current date and time, and the duration of the current scene are displayed
towards the top of the Automation screen.

04/16

15:26:38

Today’s date

Current time

Duration of
current scene

-mmmﬂ +00: 00 : 19

Scene cue list

The scene cue list provides you with an overview of the show. It tells you at a
glance where you are in the performance and provides scene information, such
as scene number and title. Other features let you alter settings, ‘skip’ scenes,
edit scene properties and choose what to leave out of the cue list.

1 2 3 4 5 6 7 8
| I | | | | | |
No. | Skip | Type | Time  [Name [Notes | Eait | 5]
N/A GLOBAL GLOBAL CROSSFADE AND EVENTS = 9
Safe scene 0.0 ] B
gj Beginning . .. Railway Station... [} 10
‘ n + 00:00:00:00 Event On Receive MIDI, Note On AS Vel = 126 Ch Any 10 A1 D
- +00:00:00-00 Event On Scene Entry, GPO SendContact 1, High, 10 10 1 1
W 1 400000000  Event On Receive MIDL, Note On Ch Any [0 Any Send Midi, O
«n + 00:00:00:00 Event On Scene Entry, Send Midi, Program Change Prog = (=
cl ‘.
11
Entrance Bells Pre-show... [
10 Pre-show Annc 1
10.5 Scenel0.5 Starting Bells o

Elements of the scene cue list

Item Element Item Element Description

1 No. column Number column shows the scene number and point scene number.
Skip column. When you see a skip arrow B in this column it means that this scene will be missed out during

2 Skip column arehearsal. For example, during rehearsal you may need skip scene 3 by going straight from scene 2 to scene 4
(auto status). Also, indicates scene selection when it contains an event (yellow circle).

3 Type column Shows the type of events and whether they are incoming or outgoing.

4 Time column Displays the time before an event is triggered. A blue countdown time bar shows the time remaining.

5 Name column Title of scene/point scene or name of event.

6 Notes column Scene notes.

7 Edit column Contains a tick boxPer scene/event, which is used for selection purposes when reordering scenes, see “Changing the
order of the scenes”.
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Item Element Item Element Description

8 Eye symbol = Opens the Show window (see “Configuring the scene cue list view”).
9 GLOBAL scene See “Additional control — managing events” in chapter 9.

10 safe scene See “Initial snapshot scene (scene 0)".

n Scroll bar Lets you scroll to the other scenes.

>> To select a scene/point scene

The now’ scene is the currently selected scene (highlighted in yellow).
Do one of the following:

o Atthe GUI, click the scene/point scene in the Automation screen.

o Atthe GUI, click the LAST/NOW/NEXT button in the Automation
screen as necessary.

o Inthe automation section (control surface), press the last/now/next
buttons as necessary.

o Inthe automation section (control surface), operate the jogwheel to go to
the desired scene/point scene. Then press now.

0 When recalling a scene, you can avoid replacing the current settings by
using scope masks, see Chapter 21 “Scope (Automation)”.

>> To expand a scene/point scene

Select the scene/point scene and do one of the following:

o (lick EXPAND.

o Right-click the scene to open the right-click menu. Then, choose Expand.

>> To close the point scenes of a scene/point scene
Select the scene/point scene and do one of the following:
o (lick UNEXPAND.

o Right-click the scene to open the right-click menu. Then, choose
Un-Expand.

Configuring the scene cue list view

You can exclude certain elements from the scene cue list (see “Scene cue
list”), such as events and empty scenes. This is done via the Show window
(shown below), which has the following options:

o Empty scenes — excludes all empty scenes from the show.

o Global events — excludes all global events from the show.

e  MIDI events — excludes all MIDI events from the show.

e GPI/0 events — excludes all GPIO events from the show.

« Internal events — excludes all internal events from the show.
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>> To configure the scene cue list view

3. Clickthe eye symbol = (right of the cue list title bar) to open the
Show window.

4. Inthe Show window, select the desired options.
5. Click OK.

Editing scene properties

You can change the name of a scene, add/edit its notes (also editable in the Store
window when storing a scene) and choose to skip the scene during a rehearsal.
This is all done via the Edit Scene Properties window (shown below).

The Scene Name and Notes sections are edited just as you would any other
text field.

Scene Name

skip lock

X O |

Notes

&

>> To open the Edit Scene Properties window

Do one of the following:

o Select the scene and then click EDIT.

«  Right-click on the scene and then choose Edit from the right-click menu.

>> To skip a scene during rehearsal

Open the Edit Scene Properties window of the desired scene, and then click
the Rehearsal Skip box to place a red cross B inside it. After you close the
window, a skip arrow symbol will appear in the scene’s Skip column.

Adding a new scene

You can add a new scene anywhere in the cue list. The new scene can be inserted
in the cue list or you can overwrite an existing scene by replacing it with the
new one.

>> To insert a new scene
1. Right-click the scene before which you want to insert the new one.
2. From the right-click menu, choose Insert Scene.

>> To overwrite an existing scene with a new one
1. Right-click the scene you want to overwrite.
2. From the right-click menu, choose Overwrite Scene.

Note: Ifyou are creating the first scene, use STORE SCENE (see “To create a new
scene using the current settings” in chapter 9).
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Copying and deleting scenes
You can copy and delete single scenes/point scenes from the cue list.

>> To copy a scene
1. Do one of the following:
o Select the desired scene and click COPY.

o Right-click the desired scene and then choose Copy from the
right-click menu.

2. Inthe cuelist, select the scene/point scene before which you want to
paste the copied scene. Then, click PASTE.

>> To delete a scene
1. Do one of the following:
e Select the desired scene and then click DELETE.

o Right-click the desired scene and then choose Delete from the
right-click menu.
2. Inthe message window (shown below), click OK.

.

Changing the order of the scenes
You can change the order of the scenes in the cue list. This is done using the

REORDER SCENES button. You can reorder as many scenes as you want by
selecting them in the order you want them to appear in the reordered list.

>> To reorder the scenes

1. Atthe Automation screen, click REORDER SCENES. The grey double
arrowhead symbol C will appear in each box in the Edit column.

2. Inthe cuelist, click the box of the first scene you want to reorder (as shown
below). A “1” will appear in the Edit column, signifying that it will be the
first of the reordered scenes, and the scenes will be reordered from this
pointon in the cue list.

L

%1

-

3. Repeat for the next scene you want to reorder. This will be labelled “2” in the
Edit column.

4. Repeat for the remaining scenes/point scenes.
5. Click REORDER SCENES. The message window (shown below) will open.
6. (Click OK.

Do you want to create a set |ist
with these scenes. This will reorder ALL scenes
and salect the safe scene?

ﬁ e

Overriding store scope

You can choose to ignore the parameters selected at the Store Scope screen,

so that these ‘safed’ parameters will be stored in the scene. This is selectable as a
global option (for all scenes) in the Preferences screen and also on a per scene
basis in the Store Scene window.

Note: This feature does not affect scene recall.

>> To override the safe parameters (selected in store
scope) for a single scene

Open the Store Scene window (see “To create a new scene using the current
settings” in chapter 9) and select the Overwrite Safe parameters? option.

>> To override the safed parameters (selected in store
scope) for every scene

Ata GUI screen, choose home » Preferences » General to open the
Preferences screen, and select the Overwrite Safed parameters
option (see “Changing the user interface preferences” in chapter 27) in the
User Interfaces Preferences section.

Using patching in automation

Caution:
The Automate Patching option switches on per-scene
automatic routing, and must be used with caution.
To alert you to the drastic consequences of using this option,
a WARNING window appears.

You can change the patching of certain sources and destinations on a per-scene
basis. For example, you can have an input channel’s compressor side chain
patched from one source in one scene and from a different source in another
scene.

For details of the parameters that can be patched per scene, see Appendix L
“Parameters Affected By Automate Patching”.

>> To use patching in automation

Ata GUI screen, choose home » Preferences » General to open
the Preferences screen, and then select the Automate Patching option in the
Configuration Preferences section.

Zoom List

Using zoom

You can enlarge the cue list to zoom in on certain scenes or make the scenes in
the cue list smaller so that you can view more scenes simultaneously. This is done
using the Zoom List spin buttons.

>> To enlarge the scene view (zoom in)

In the Automation screen, click the up (top) Zoom List spin button.
The following diagram shows a typical Automation screen at maximum zoom.

[y
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>> To reduce the scene view (zoom out)

In the Automation screen, click the down (bottom) Zoom List spin button.
The following diagram shows a typical Automation screen at minimum zoom.

Show files

Show files are only handled via the GUI, using the Automation and Files screens
of the GUI menu.

Managing show files

The Automation screen lets you create new shows, load existing ones and
update the current show file with the latest settings.

For details of how to use the show function buttons to create a new show,
save a show, create a new show from the current settings and load a show,
see “Managing the shows” in chapter 9.
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Show file-related elements of the Automation screen

Item Element Item Element Description
1 NEW button For creating a new show (see “To create a new show”).
5 LOAD button Forloading a s;[ored show by rsstoring all stored snapshots and associated automation data from the selected
show file (see “To load a show”).
For backing up all stored snapshots and associated automation data to the selected/current show file (see “To save
3 SAVE button a show or create a new one from the current settings” in Chapter 16). This button changes to red when there are
show settings to be saved. We recommend that you save your show at regular intervals.
4 SAVE AS button Eﬁ:rcerr?::ierl%z gnse\)/v show using the settings of the current one (see “To save a show or create a new one from the
5 STORE SCENE button See “To create a new scene using the current settings”.
Name field Title of currently loaded show.
SHOW EDITOR button |  See “Show editor”.

Managing show files on the Files screen

Show files can be transferred between the PRO X and an external USB device,
such as a USB memory stick. This lets you backup and archive your show files, so
none will be lost, and also transfer them to other PRO Series systems. You can
even create templates for new shows, so that you don’t have to start from
scratch, or modify existing show files. Al this is done via the Files screen; see
Chapter 25 “File Management”.

For details of how to back up/export your files and also how to import them
from an external source, see “Saving your show files to a USB memory stick”

in chapter 9.

Rehearsals

Rehearsal mode lets you skip scenes/point scenes to match the arbitrary nature
of the performance sequence during rehearsals.

>> To select a scene to ‘skip’ and to ‘unskip’ a scene
See “Editing scene properties”.

>> To carry out a rehearsal
1. Click REHEARSAL.

2. (Carry out the rehearsal as necessary. (Note how the scenes selected as
‘skipped’ are missed out during the show’s rehearsal, as you use the last,
now and next buttons.)

3. Toendthe rehearsal, click REHEARSAL.

Safes

Important:
Safes are intended for emergency use only and are not to be confused
with scope (see Chapter 21 “Scope (Automation)”).

Safes are incorporated into the PRO X to prevent certain controls from being
recalled with a scene. Safe activation and status are provided on both the control
surface and the GUI.

There are six types of channel safe: EQ, dynamic, mic/config., auto, mute and
fader. Although some types of safe are channel-specific, any channel can be
made safe from off-channel mute, fader and automation control. Also, solo
(for monitor areas A and B) is always out of scene on any channel.

Note: The MIC button on the outputs operates as a configuration safe, rather than
amic safe.

All of the channel safe areas, except MIC safe, have local LEDs on the control
surface to show their in/out status, which are provided in each channel/group
fast strip and in the safes sections of the overview and processing area displays of
the GUI channel strip.

VCA groups only have mute and fader safes, and these can only be only switched
on/off via the GUI; see “VCA and POP groups” in chapter 17. Mute safe status
indication is provided both on the control surface (VCA/POP group section of
master bay) an in the GUI channel strip.

For details of which parameters are protected by the safes, see Appendix M
“Parameters Protected By Safes”.
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Chapter 21: Scope (Automation)

This chapter shows you how to use the scope feature of the PRO X automation to
include/exclude specific parameters on scene store/recall.

Although scope has two functions, recall and store, the emphasis in this chapter
is on recall scope, which will be the most commonly used of them both. Store
scope will only be required in certain circumstances, and even then it must only
be used with caution (see “Using store scope”).

Elements of the Recall Scope screens

About scope

Scope lets you define the extent of the automated controls for all channels,
buses, groups, assignable effects and GEQs. To do this it has a Recall Scope
screen from which you can select the controls that are excluded from the scene
when it is recalled and you can also view the current scope status.

About the Recall Scope screen

The Recall Scope screen has a number of type-specific areas, such as Input
channels, Aux Sends, Variable Control Associations and Graphic EQs, which
contain user-selectable parameter sections that you can make ‘out of scene’
on scene recall.

o e e e )
DU WL MWW

Item Element Description

1 SINGLE button Scope function button for selecting single parameter sections on the scope screen.

5 BY CHANNEL TYPE button Scope function button for selecting the same parameter section in all channels of a single type on the
scope screen.

3 INDV. CHANNEL button Scope function button for selecting all of the parameter sections of a single channel on the scope screen.

4 CONSOLE WIDE button Scope function button for selecting all of the parameter sections of every channel on the scope screen.
Scope function button that selects all of the parameter sections on the scope screen, that is, for every

i ALL button channel, assignable effect and internal GEQ.

6 NONE button Scope function button that deselects all selected parameters sections on the scope screen.

7 STORE PRESET button See Chapter 24 “User Libraries (Presets)”.

8 LOAD PRESET button See Chapter 24 “User Libraries (Presets)”.

9 CHANNELS button Selects the channel view

10 FX GROUPS button Selects the FX slots and various groups
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The Recall Scope screen has a section for each of the following.

Variable Assignable
Input Aux Aux Matrix Control Effects Mute
Description Ch’; nnels Returns Sends (matrices) Masters Associations | (internal Symbol Groups
(returns) | (auxes) (VCAand effects) and P
POP groups) |  GraphicEQs
Routing Yes Yes No No No No N/A H N/A
All Yes Yes Yes Yes Yes Yes N/A Yes
MicAmp Yes Yes No No No No N/A [+ | N/A
EQ Yes Yes Yes Yes Yes No N/A N/A
Dyn Yes No Yes Yes Yes No N/A N/A
Busses Yes Yes Yes No Yes No N/A I N/A
Mute Yes Yes Yes Yes Yes Yes N/A . N/A
Fader Yes Yes Yes Yes Yes Yes N/A Yes

>> To open the Recall Scope screen
At either GUI screen, choose home » Automation » Recall Scope.

Selecting scope parameter sections

The scope function buttons provide a number of ways of selecting/deselecting
scope parameters, such as singly, by channel type, all on the control centre etc.

When a parameter is selected, its background changes

from blue to green.

Selection is cumulative, so you can combine any of the selection/deselection

functions until all the desired parameter sections have been selected. When you

have finished the selection process, just go to the next screen you require; you
don’t have to save your selection, as it remains stored in the current condition
until you alter it again. The “Assignable Effects” panel lets you choose which
effects are ‘out of scene’ on scene recall.

For details of the parameters affected by scope, see Appendix K
“Parameters Affected By Scope”.

>> To select a single parameter section

1. Click SINGLE.

2. (lick the desired parameter section.

In some cases more than one parameter section may be selected. This may
occur if:

o The parameter section belongs to a channel that is stereo linked.
The equivalent parameter section of the other paired channel will
also be selected.

Other channels are patched to the same source as the channel in which
you are making your selection. This only applies to the All and Mic Amp
parameter sections.

>> To select a parameter section in all channels of a
single type

1. Click BY CHANNEL TYPE.

2. Click the desired parameter section in any channel of the desired type.

For example, click the routing parameter section in any of the input
channels. The routing parameter section on all input channels will be
selected (as shown below).

WIS @™ Recall Scope
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Input Ch:
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>> To select all of the parameters of a single channel
1. Click INDV. CHANNEL.

2. (lick any parameter section in the desired channel. For example, click the
All parameter of input channel 5; all the parameter sections in channel 5 are
selected (as shown below).

If the channel is stereo linked, all of the parameter sections in its paired channel
will also be selected.

CoNsoLE

o coanme 1

Input Channels

>> To select a single parameter section console wide
1. Click CONSOLE WIDE.

2. Inany channel, click the desired parameter section. For example, clicking the
fader parameter of input channel 1 selects the fader parameter of every channel.

>> To select every parameter section on the console

Click ALL. Every parameter section on the Recall Scope screen is selected
(as shown below).

e

Recall Scope

[ na]

>> To deselect a parameter section(s)

Follow the procedures for selecting parameters, but only click ones that are
already selected.

Selecting bus parameters

As a channel’s bus parameter section represents all of its available buses collectively,
you can only select either all or none of its buses using the scope function buttons.
However, by licking the bus parameter section you can open its ‘bus select’ window,
which lets you select any buses you want out of scene. In this window each aux/
matrix bus is represented by an single icon, and only available buses are shown.

AuxS11

— Type and number
of currently
selected bus

Matrix Send 1

Currently

selected bus
All 32 (green background)
buses

Unselected bus

22 23 24
All Click to select/

L 17 18 19 20 21

deselect all buses

Typical ‘bus select’ window

The background colour of the bus parameter for each channel shows the selection
status of its respective buses. There are three states, as shown in the following table.

Bus selection status Symbol

None of the buses are selected

One or more, but not all, of the
buses are selected

All of the buses are selected

>> To select/deselect buses

In the ‘bus select’ window, do one of the following:
o Toselect/deselect asingle bus, click on its icon.
o Toselect/deselect all buses, click All.

Saving scope parameters in a scene
Scope parameters have to be saved in a scene.

>> To save your selected parameters in a scene

1. Save the parameters you want into a scene (see “To create a new scene using
the current settings” in chapter 9).

2. Select the desired recall scope parameters (see “Selecting scope
parameter sections”).

3. Overwrite the scene by clicking the “Overwrite scene” option (see “To create
anew scene using the current settings” in chapter 9).

Using store scope

Caution!

Although store scope is sometimes useful in very specific

situations, it must always be used with care. This is because it
is possible that control settings will not be stored at all and will
consequently be lost. Therefore, it is much safer to use recall store and
aways store everything.

Please use store scope with great care and observe the Caution above. All of the
methods of the recall scope operation, as detailed in this chapter, apply equally
to store scope.
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Chapter 22: Events (Automation)

This chapter shows you how to use the events of PRO X automation.

About events

There are four types of event — MIDI, GPIO, internal and crossfade — that you
can have in a scene, and you can have any combination of each. You can choose
whether the event is triggered on the PRO X or on an external device.

For more information on the events and also how to create, edit and copy/paste
an event, see “Additional control — managing events” in chapter 9.

MIDI

MIDI performs two functions on the PRO X. It allows the PRO X Control Centre
to trigger external MIDI-equipped equipment on each scene change and it also
allows external MIDI equipment to trigger a PRO X Control Centre scene change.

MIDI output from the PRO X Control Centre can include a globally-enabled
outgoing message that contains the recalled scene number and is sent out for
all recalled scenes. Also, up to eight messages with user-selectable content are
stored per scene and sent out whenever the scene is recalled.

MIDIinput can be globally set up to cause scenes to be recalled when specific
incoming MIDI messages are encountered.

GPIO

The general purpose input and output (GPI0) on the PRO X is used to control or
respond to various devices. You can use GPIO inputs to control PRO X parameters
from an external device, for example, you can use an external switch to switch
the PRO X Control Centre’s talkback on/off or you can use an external switch or
joystick to control the PRO X Control Centre’s parameters. You can also use

the PRO X Control Centre’s keys and faders to send control signals to an

external device.

Internal

You can create an event on the PRO X without using an external device; this type
of event is called an “internal” event. This means that an event is triggered and
carried out entirely on the control centre.

Crossfades
For information on crossfades, see Chapter 23 “Crossfades (Automation)”.

Global scene
You can include an event(s) in every scene. (see “Global events” in chapter 23).

Connecting up the MIDI/GPIO equipment

The PRO X has a set of MIDI sockets on the rear panel for connecting MIDI
equipment (see “MIDI section” in chapter 29). There is also an equivalent set on
the rear panel of the /0 boxes.

GPI0 connections for the PRO X are via the rear panel of the DL351 Modular

/0 and DL451 Modular 1/0. The PRO X Control Centre doesn’t have any

GPI0 connections.

About the Edit Event window

You can edit the parameters of an event in the Edit Event window and even
change its name.

Ven iy

Disable

PR | D= Event Name Ll
K o= GPIO E__ 1
olncumlng
TTEST EVENT ||
8 -I: © outgaing [resrever]
When
3 |5r_ene Entry E
i |-1O
Time Offset f—
hours mins secs mS 4
= = (o] (] -
0w o 00 o 00 o5 000 o
Then do this... GO —Jg—F— 5
Event Parameters .
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|
I - 6
|
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o Incoming

) | FTESTEVERT
@ Qutgoing 2

Figure 25: Edit Event window

Item Element Function

1 Disable Event tick box For choosing whether the event is missed out (skipped) during a rehearsal.

5 TEST EVENT button ZSL Si(:(c)lrﬁ;n)g the selected outgoing MIDI or GPIO event using the current event parameters. (Outgoing

3 When... section For selecting the parameters that trigger the event.

4 | TimeOfsetsection e thasbeen tiggeed oo ottt

5 Then do this...section For choosing the type of event that you want.

6 Event Parameters section See the “Programming events”.

7 CLOSE button Closes the Edit Event window.

8 Incoming/outgoing selection section Selects whether the event is triggered on the PRO X Control Centre itself or on an external device.

9 Text field Displays t_he user—cpnﬁgured event name. You can edit the event name in thi; te)ft field, which will
then be displayed in the Name column of the scene cue list (see “Scene cue list” in chapter 20).

10 Enable MidiByte 1 and 2 tick boxes SF;; zle%(e:cpt;r:ag r;l;ieﬁirtinzﬁ;eorsselrf]rg:;drop—down list to the left of each tick box. These give you more-

(EN
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>> To open/close the Edit Event window

For details of how to open the Edit Event window, see “To edit an event” in
chapter 9. To close the window, click CLOSE.

Programming events

Each type of event is programmed in a similar way, regardless of whether it is
an incoming/outgoing MIDI or GPIO event, or an internal event. However, the
options in the Edit Event window may vary depending on the chosen event.

>> To program an event
1. Open the Edit Event window (see “To edit an event” in chapter 9).

2. Inthe Event Name section, type in the event name. If you want to skip this
event during a rehearsal, select the Disable Event option.

Table 14: Outgoing event options

3. Toselect whether the event occurs on the PRO Series or an external device,
click Incoming or Qutgoing, respectively. (This is not applicable to
internal events.)

4. Select the desired parameters in the When..., Then do this... and Event
Parameters sections. To help you, refer to Table 14 “Outgoing event
options”, Table 15 “Incoming event options” in Appendix A and Table 16
“Description of all event option parameters”.

5. Ifyouwant to incorporate a time delay between the event being triggered
and the event itself, select a time in the Time Offset section (click the up/
down spin buttons).

Click CLOSE.

When... Then do this... Event Parameters (from top list downwards)
Scene Exit, Scene Program Change,
zzzz: ;:z:z g::g And Midi TX 10ID1t0 101D 17, Channel 1to Control Change, Program 1 to
And Exit, Scene Entry, FOH MIDI PORT Channel 16 ;;etsesg;e, A,;lof::rot:fuch, Program 128
Exit And Recall !

GPIOTX L‘(’);?I{/I;l’; II %2;7’ g:g; :;;;’I" Closure 1 to Closure 8 N/A

Last N/A N/A N/A N/A

Next N/A N/A N/A N/A

Now N/A N/A N/A N/A

Jump List of scene titles N/A N/A N/A

Notes Event Event Parameters section changes to a Notes window, where you can enter event notes

Table 15: Incoming event options

When ... (from top list downwards) {ll:iesn do Event Parameters (from top list downwards)
Note OF, Program
Note On, g
Aftertouch Change,
Any 10 Box, Any MIDI ! Control
Pressure, 10ID1t0 101D Program 1
10ID1t010ID Channel, L Channel 1to Change,
Control Midi TX 17, FOH MIDI to Program
17, FOH MIDI Channel 1to Chanae PORT Channel 16 Pressure, 128
PORT Channel 16 g€, Aftertouch,
Program
, Note On,
Change, Pitch Note Off
Wheel
10ID1t0 101D ,
GPIOTX 17, FOH MIDI ?:"Z‘b‘:“;' g"‘": e;“’ N/A
PORT atic Hig osure
Last N/A N/A N/A N/A
Next N/A N/A N/A N/A
Now N/A N/A N/A N/A
List of
Jump scene titles N/A N/A N/A
Notes Event Parameters section changes to Notes window,
Event where you can enter event notes
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Table 16: Description of all event option parameters

Parameter Description
How hard a key is pressed after it has been touched, that is, it changes the pressure after the note has been hit. Typically,
aftertouch is useful for adding tremolo or vibrato effects to a sound, just as a violin can add volume or pitch changes toa

Aftertouch sustained note using finger vibrato or additional bowing intensity.
Parameters for Aftertouch are notes A0 to (7, with each having a possible pressure of between 0 and 127. You can also
choose between Enable MIDI Byte 1 and Enable MIDI Byte 2.

Any 10 Box The trigger can be on any [0 port of any [0 box.

Any MIDI Channel Any of the MIDI channels.

Channeln One of the 16 MIDI channels.

Closuren Provides a contact closure that can be programmed to open or close in response to a MIDI event.

Control Change

Select the control changes that can be applied to a note in progress. For example, by altering the volume (not velocity)
or adding sustain to a note (holding it for longer).

Parameters are All Notes Off and Reset All. You can also choose between Enable MIDI Byte 1 and Enable MIDI Byte 2.

FOH MIDI PORT The trigger is via the MIDI port of the FOH PRO X Control Centre.

GPIOTX Selects a GPIO event.

101Dn The trigger is via a specific 10 port.

Jump Opens a specified scene on the PRO X.

Last Opens the last (previous) scene on the PRO X. This scene is the one that would be opened if you pressed the last button.

MIDITX Selects a MIDI event.

Next Opens the next scene on the PRO X. This scene is the one that would be opened if you pressed the next button.

Now Opens the ‘now” scene on the PRO X. This scene is the one that would be opened if you pressed the now button.
Informs the instrument to stop playing a note at a specified pitch and velocity.

Note Off Parameters for Note Off are notes A0 to (7, with each having a possible velocity of between 0 and 127. You can also choose
between Enable MIDI Byte 1 and Enable MIDI Byte 2.
Informs the instrument to start playing a note at a specified pitch and velocity.

Note On Parameters for Note On are notes A0 to (7, with each having a possible velocity of between 0 and 127. You can also choose
between Enable MIDI Byte 1 and Enable MIDI Byte 2.

Notes Event Using this option, you can display notes that may useful at a certain point in the scene.

. Use the pitch wheel to trigger the event. The pitch wheel is a wheel type device, normally found to the left of a synthesizer

Pitch Wheel keyboard, that manipulates the pitch of a played note(s).

Pressure Pressure applied to the key that is being pressed. This affects, for example, the vibrato of the note being played.
Parameters are between 0 and 127. You can also choose between Enable MIDI Byte 1and Enable MIDI Byte 2.

Pressure n One of the 128 programs.

Program Change Changes the device to a particular patch/voice/preset etc.

Parameters are 0 to 127. You can also choose between Enable MIDI Byte 1 and Enable MIDI Byte 2.

Scene Entry

Triggers the event when a scene is opened.

Scene Exit Triggers the event when a scene is closed.
Scene Recall Triggers the event when the ‘now’ scene is reloaded (but not jogged to).
Scene Entry And Exit Triggers the event when a scene is opened or closed.

Scene Entry And Recall

Triggers the event when a scene is opened or the ‘now’ scene is reloaded (but not jogged to).

Scene Entry, Exit And Recall

Triggers the event when a scene is opened, closed or the ‘now” scene is reloaded (but not jogged to).

Static High

External device is closed/switched off.

Static Low

External device is opened/switched on.
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Chapter 23: Crossfades

About the crossfade Edit Event window

(Automatlon) You can edit the parameters of a crossfade event in the Edit Event window.
This chapter shows you how to use crossfades. —yy (ol

Crossfades are events that are triggered using the standard event mechanism, 8::3;:;:: }The Incoming  and Outgoing options

and are managed via the Automation screen. A crossfade event is managed in a P are not used on crossfades

similar way to any other event, such as GPI0 and MIDI, and is detailed later on in e fadl

this section.

A crossfade event is a trigger to change the value of a control — most often but

not always a fader — between two levels, that of the current control position

and that of the position in another scene, over time. If the level in the next scene Tmeoffest Parameter  drop-down list

is higher than the current level, the crossfade uses the 'fade up' time; if it is lower, 0= o0 = 002 oo0 = —

it uses the 'fade down' time.

Then do this... [XFade tvent  Jog Lo

Crosstade Group | A s

[example group. — g — 4 image/front back
i oo Front Div

Rear Div

F-R div

Centre

Sub

Mute

CLOSE

Crossfade Edit Event window (for details of the Edit Event window elements that
are common to each event type, see Figure 25 “Edit Event window” in chapter 22)

Item Element Function
1 Crossfade Group Edit button Opens the Crossfade Groups screen (see “Crossfade groups”).
2 Crossfade set up section See “Crossfade set up section in the Edit Event window”.
. For choosing the level control that you want the crossfade to operate on (see “About

3 Parameter dropdown list "

the crossfade parameters”).

. Contains all of the available user-configured crossfade groups. Also includes the

4 Crossfade Group drop-down list . .

default example group that contains all possible crossfade sources.

About the crossfade parameters

The following diagram shows the PRO Series configured for 5.1 surround mode, which utilises each available parameter option. The presence of the divergence,
centre level and LFE level sections are dependent on the currently selected surround mode.

masters

input channel Masters processing
overview in GUI areain GUI GUlinput
channel strip channel strip fast strip

BN @™ Overview

- ]

8888808

)G z
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Item Control Parameter option
1 Fader Fader
2 pan control knob Pan
3 mono level/SIS image/[fb pan] image/front back
control knob
4 front control knob Front Div
5 back control knob Rear Div
6 front to back control knob Rear Div
7 centre level control knob Centre
8 LFE level control knob Sub
9 MUTE switch Mute
Using a crossfade mute Crossfade set up section in the Edit

The Mute option of the Parameters list lets you initiate a mute at the end of Event window
a crossfade down operation. For example, if you set a crossfade of two seconds, The crossfade set up section (bottom of the Edit Event window) is where you

the mute Yvill turn on after this time has expired (prov’ided it was off). If the. set up how the crossfade operates. Here you can set up the duration of the
crossfade s a ‘crossfade up’, the mute will turn off during the crossfade uptime  ¢rogsfade and the rate at which it occurs. You can configure two crossfade rates
(provided it was on). per crossfade or keep its rate constant throughout.

o
>
o
)
a
-]
©
j -
-+
c
o
O
Figure 26: Crossfade set up section
Item Element Function
1 % of Travel number field Sets the initial travel distance of the control as a percentage of the total distance of travel.
2 % of Time number field Sets the time for the initial travel of the control as a percentage of the overall time.
Sets the time taken for the total travel (milliseconds) of the control for a ‘fader down’ (or whichever
3 Faders Down field control is used) crossfade event. For the Faders Up field, this sets the time taken for the total travel
(milliseconds) of the control for a ‘fader up’ crossfade event.
4 Faders down section For setting the crossfade down parameters.
5 Faders up section For setting the crossfade up parameters.
6 Graph Up/down crossfade graph.
>> To quickly adjust the time and travel of the faders 5. Inthe Then do this... drop-down list, select the X-Fade Event option.
up/down 6. Do one of the following:
You can quickly adjust the % of Time and % of Travel parameters by dragging «  Selecta crossfade group from the Crossfade Group drop-down list.

the graph. Click anywhere on the line of the graph in the Edit Event window
and drag to where the parameters are as desired. Clicking while pressing the left
button adjusts the up travel, and doing the same with the right button adjusts

Create a new crossfade group. Click the Crossfade Group Edit button
to open the Crossfade Groups screen and then follow the instructions
in “Crossfade groups”.

the down travel.

7. Inthe Parameters section, select the level control on which you want the
>> To create a crossfade event crossfade event to occur (see “Programming events”). For example, a fader.
1. Open the Edit Event window. 8. Inthe crossfade set up section (see Figure 26 “Crossfade set up section”),

2. Ifyouwant to disable this event, select the Disable Event option. setup the crossfade parameters, such as time, % of travel etc.
3. Inthe When... section, select the parameters that will trigger the event. 9. Click CLOSE.
4. Ifyou want to incorporate a time offset delay between the event being To set up a crossfade to have a constant rate across its full travel, set both the

triggered and the start of the event, set a time in the Time Offset section. % of Time and % of Travel fields to 50%.
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How a crossfade operates

When the crossfade event is triggered, the time offset (if configured) will start.

2 intro |
Crossfade On Scene Entry, Crossfade Fader 1.0005 -> 1 ||
P |

I A A AT A .40 S, . A s .., . e 8 b,

T - - A U s T g
Time offset—g—w 200:12:14 Cros
progress bar  i_ _ — -

In the cue list, a blue status bar in a crossfade event will show the progress of a time offset

After the time offset has finished, the crossfade will start; this will be either a Crossfade groups
down or up crossfade, depending on the current control level. During the
crossfade, the control level will alter at the configured rate, shown on both the
control surface and GUI. Progress is shown in real time on the

Automation screen. 1 2 3

¥ CET=]
=] i e
T Micy

Crossfade groups let you choose which channels/buses/groups will contain the
crossfade. These groups are managed at the GUI's Crossfade Groups screen.

1 1 = 07 = 5 5 Blue vertical bar s i i P
] | ] WL Mictd ASL] Aursil AR Aurrd

: 3 micas k512 duners (a8 mreny
+00:00: 15 a3 i1 ASL) AunsLd 04 bitxd

a4 Micld ASL4 AuxSld : 2 _I M1 Left
el ow [l = — A et | [
- — — 12 Haaiie T e m— | (1 o
i picst | gt
Typical crossfade graph in the Automation screen. The blue vertical bar will travel EMM".’:‘;
from left to right according to the time elapsed and at the configured crossfade rate. At
Note: The graph display shows the current longest crossfade in progress. So, ifa 11
delayed crossfade starts during the current one, and it is longer than the current one,
the graph will change to show the new crossfade.

M2 Right
s oo |

You can manually override the crossfade using the controls in the automation
section of the output bay (see “Manually controlling a crossfade”).

Crossfade Groups screen

Item Description

Crossfade control group member source panel. Contains panels of channels, buses and groups from where you select the
sources for your crossfade group.

Crossfade group management section, where you can create new crossfade groups or delete existing ones, add/remove
members to/from the currently selected group, and select the desired group from the Control Group List.

3 Crossfade group member panel.
ADD and REMOVE buttons. These buttons add or remove the currently selected members to or from the Control Group

4 Member List, respectively.
5 New, Rename and Delete buttons. These buttons let you create, rename or delete crossfade control groups, respectively.
6 Default crossfade control group. This group, called “example group”, contains all of the channels, buses and
groups as members.
7 Control Group Member List, which shows the current members of the selected crossfade control group.
8 ALL and NONE buttons. These buttons select all or none of the members in the Control Group Member List, respectively.
9 Control Group List, which shows the existing crossfade control groups.
10 A, 1and N buttons. Each section in the crossfade source panel has a set of these buttons, which select all members in the list,

invert the current list selection or deselect all members in the list, respectively.
1 A panel containing a list of channels, buses or groups available for crossfade group membership.
12 Name of the currently selected crossfade control group, as indicated by the background highlight.
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>> To open the Crossfade Groups screen
At the GUI menu’s Automation screen, click Crossfade Group Edit.

>> To create a new crossfade group
1. Atthe Crossfade Group screen, click New.

2. Inthe Enter new control group name: prompt window, type in your
chosen name for the new crossfade group.

3. (Click OK. The new group will appear in the Control Group List. By default,
your new group will contain “INTMic1” as a member, as shown in the
Control Group Member List.

iyl il
e

axample group 1
-

New Control Group Name

4
P———

=

>> To edit a crossfade group
1. Inthe Crossfade Group List panel, select the crossfade group you
want to edit.
2. Do one of the following:
o Toadd members to the group, select the members from the lists of
inputs, auxes, returns, matrices, masters and groups at the left of the

screen and then click ADD. The selected items will be moved to the
Control Group Member List.

o Toremove members from the group, select the members in the Control
Group Member List that you want to remove and then click REMOVE.
The selected items will be moved back to their respective panels in the
left of the Crossfade Group screen.

If you want, you can edit the “example group” crossfade control group.

>> To rename a crossfade group

1. Inthe Crossfade Group List panel, select the crossfade group you
want to rename.

2. Inthe Rename control group as: prompt window, type in the new name
for the crossfade group.

EEEE & Automation

V111 From Default Mi

3. (lick OK. The new name will appear in the Control Group List.

=
Rename a Control Group|

[example group |

[ ]

Y

(o] o]

[VCA‘ VCA4 ] |_ i

If you want, you can rename the “example group” crossfade control group.

>> To delete a crossfade group

In the Crossfade Group List panel, select the crossfade group you want to
delete and then click Delete.

You cannot delete the “example group” crossfade control group.

Global events

The GLOBAL scene, at the top of the cue list in the Automation screen, lets you
have the same crossfade(s) in every scene. However, any scene-based
crossfade(s) will override the global one(s) if both are present.

>> To set up a global crossfade

Select the GLOBAL CROSSFADE AND EVENTS scene and do one of the following:

o (lick ADD CROSSFADE.

o From the right-click menu, choose Add » Crossfade Event. The crossfade
will appear in the GLOBAL CROSSFADE AND EVENTS scene.

SceneB4 status

w 5 —— M‘

e

rpm—

09:39:37

 paem—— T (R [T A
L 2 = i { |7
= = Add Crossfade event
Name Notes
NiA GLOBAL GLOBAL CROSSFADE AND EVENTS
- @ Crossfade ©On Scene Entry. Crossfade Fader 1.000S == 1 0008 ’7
cenel |
A S A Bt e " S s SRS s St

GLOBAL scene (highlighted in yellow) in the Automation screen

(EN



EN

138 PRO X User Manual

Manually controlling a crossfade
The controls in the automation section of the output bay let you manually override the crossfade, as described in the following table.

automation

088y

Control

Function during crossfade

cancel button

Pauses the crossfade. Pressing the cancel button again, while the crossfade is paused, cancels the crossfade.

Note: The level of the control on which the crossfade is operating will remain at the point at which it was paused.
Ifyou restart the crossfade the control will travel over the full crossfade period, that is, if you stop (rather than pause)
a five-second crossfade at two seconds and restart it, it will take the control five seconds to move to the final position,
and not three seconds.

now button Pressing this button while the crossfade is paused (by pressing the cancel button), continues the crossfade.
ok button Jumps to the end of the crossfade, effectively cancelling the remaining time to the end of the crossfade.

Rotate the jogwheel to slow down/speed up the rate of crossfade. The speed of rotation will determine the rate
Jogwheel of crossfade. Rotating the jogwheel quickly in a clockwise direction will speed up the crossfade and rotating it an

anti-clockwise direction slows it down.
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Chapter 24: User Libraries (Presets)

User libraries is a GUI only feature that provides a method of handling presets.
For more information on presets, including details of how to save and load a
preset, see “User library (presets)” in chapter 9.

About the Preset Manager screen

Using the Preset Manager screen, you can create new user libraries, load
existing ones or save the current one. You can create a new user library from
scratch or save the current one under a new name. Similarly to show files, you
can import libraries from external storage devices (USB memory sticks).

1 2 [Save Preset Library|

The Preset Manager screen also lets you delete presets from the currently
loaded library.

Notes authar Tima 8

11 —fnpur whoie Channei

10—

Wihade Chanmel

Seene 1 - Intr Amas Burke

27710/08 11:13103

Save request

Typical Preset Manager screen

save preset o.k 9

Item Element Description

1 New button Lets you create a new preset library.

2 Load button Lets you load an existing preset library.

3 SAVE button Saves any unsaved changes that have been made to the currently loaded preset library.

4 Save As button Lets you create a new preset library from the current one.

5 Show name text field Displays the name of the currently loaded show file.

6 library author text field Shows the name of the person who created the preset library.

7 Close window button (loses the Preset Manager screen.
Preset information rows contain the following information: preset type (Type); user-entered

8 Column headings name (Name); user-entered notes (Notes); preset creator (Author); and time and date the
preset was created (Time).

9 Status bar Displays operation status information.

10 Import button Imports all presets from a preset library of your choice into the one currently loaded.

1 Preset information row Contains preset details.

12 Delete button Deletes the currently selected preset.

(EN
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>> To open/close the Preset Manager screen

To open the Preset Manager screen, at the GUI choose home »
Preset Manager. To close it, Click X at the upper-right corner of screen.

Managing user libraries

The background of the SAVE button in the Preset Manager screen changes to
red when changes have been made to the current user library, but which haven't
been saved. We recommend that you save these changes reqularly.

>> To create a new preset library
1. Inthe Preset Manager screen, click New.

2. Inthe “Enter new Library name:” message window (shown below),
do the following:

o Typein the name of the new preset library in the text field containing
the text “Libraryname”.

o Typeinyourname in the text field containing the text “Author”.

Enter new Library name:

Libraryname

Author

You can also replace an existing preset library. To do this, type in
its exact name in the “Libraryname” text field and then click the
Overwrite existing? box to tick it.

3. (lick OK. A new Preset Manager screen will open.

0 Don't forget that you can use the right-click Cut, Copy and Paste options
when editing the text fields.

>> To load a preset library
1. Inthe Preset Manager screen, click Load.

2. Inthe Load File window, click the preset library you want to load. Its name
will appear in the “Load this file:" text field.

3. Click OK.

>> To save changes to the currently selected
preset library

At the Preset Manager screen, click SAVE.

If the SAVE button is red (shown right), there are unsaved changes; this button
changes back to blue after the library has been saved (updated).

'Preset Manager

| [—

Type A

Name
Whele Channel
Input Whole Channel

14 \>
Whole Channel J
T Pl i . il . . ., B

>> To create a new preset library from the current one
1. Inthe Preset Manager screen, click Save As.

2. Inthe Save File window, type your chosen name for the new preset library
in the “Save this file as:” text field.

You have the option to overwrite one of the existing preset libraries.
Do this by clicking it in the Save File window and then ticking the
Overwrite existing? option.

3. (lick OK. The new preset library will be selected.

—_——

ph imort

>> To import a preset library into the one
currently selected

1. Inthe Preset Manager screen, click Import.

2. Inthe Load File window, click the preset library whose contents you
want to import.

3. (Click OK.

If the currently selected preset library has unsaved changes, the window
message “The Preset Library has not been saved Do you wish to continue?”
will appear. To continue importing, click OK.

If you want, you can save the changes by clicking SAVE.

Deleting presets from a user library

In addition to storing and loading presets (see “User library (presets)”
in chapter 9), you can delete presets from a preset library.

>> To delete a preset from a user library
1. Inthe Preset Manager screen, click the preset you want to delete.
2. (lick Delete.

3. Inthe “Are you sure you want to delete this preset?” message window,
click OK.
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Chapter 25: File Management

This chapter shows you how to import/export your show and preset files.

About the Files screen

The Files screen manages files on the control centre (Control Surface panel) and any removable storage device (Removable Storage panel) that is currently
plugged into one of the USB ports (see “Front panel connections” in chapter 29). Each panel lists the files contained on its own storage media. The files can be
imported/exported across the panels, and can also be copied, renamed or deleted within their own panel.

17

Analyse Complete

Show File: <<none=>

F38ME

178 D4/BT/0T Shew
247.96K B5/85/07 She

Done

Typical Files screen
Item Element Description
1 SAVE button Saves all currently loaded files. Turns red when there are changes to be saved.
2 CLOSE button Unloads the currently loaded show/presets.
3 Control Surface panel Contains elements pertaining to the control surface.
4 Show File text field Title of show currently loaded, if any.
5 Removable Storage Contains elements pertaining to the connected removable storage device (USB memory stick); it will be blank if
panel no removable storage device is connected.
6 Preset File text field Name of preset currently loaded, if any.
7 Memory usage bar The number on the right shows the total amount of storage space, or memory, availab!e on the storage media of
the control surface. The number on the left shows how much memory has been used, indicated by a green bar.
8 DELETE button Deletes the selected file in its respective panel.
9 RENAME button Lets you rename the selected file in its respective panel.
10 COPY button Lets you copy the selected file into its respective panel.
N File information row Gives information on a single file, such as name, size, date of creation and type.
12 Lists of loaded files Shows all the files on the PRO X Control Centre and the removable storage device.
Copies selected file(s) from the Removable Storage panel to the Control Surface panel, that is, from the
B IMPORT button rer[r)lovable storage (m)edia to the PRO X Control (gntfe. '
1 EXPORT button I(;E[())I;S Cssrlli:(t)tletci g‘lr]lfr(z)tzr;r]r; trr:n E:\)/:tt)lr:! z)l:;;aecne: Egigfl to the Removable Storage panel, that is, from the
15 Status bar Displays operation status information.
Opens the Master Controller File Synchronisation window (see “About the Master Controller File
16 FILE SYNC button Synchronisation window”). This button is normally blue, but turns red when the master controllers are
not synchronised.
17 LOAD button Loads the selected file in the Control Surface panel.
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About the Master Controller File
Synchronisation window

The Master Controller File Synchronisation window manages the

>> To open the Files screen
To open the Files screen, do one of the following:
o AtaGUIscreen, choose home P Files.

 Inthe primary navigation zone, press the automation/filing screen access

synchronisation between the two master controllers.

button twice.
1 2 3 4 2
PROE V111 Beta 8 ‘ — 02 ) ! 10 18:03 Dﬂ! OGVIIIH a - a132 G'Dlllﬂ 145 m
5
6
11 7 10 9 8 7
Master Controller File Synchronisation window
Item Element Description
1 ELTgter controller1 status Shows whether this master controller is active or on standby.
2 MAKE ACTIVE button Activates the respective master controller.
3 master controller2 Shows whether this master controller is active or on standby.
status field
4 status field Shows whether the master controllers are synchronised (green text) or not (red text).
) Lists the files loaded on each master controller and indicates whether they are synchronised (blue text)
5 Lists of master controller files
ornot (red text).
6 COPY ALLTO MC1 button Copies all files listed in the master controller 2 panel to master controller 1.
7 DELETE button Deletes the selected file in its respective panel.
8 COPY TO MC1 button Copies selected file in the master controller 2 panel to master controller 1.
9 CLOSE button (loses this window.
10 COPY ALLTO MC2 button Copies all files listed in the master controller 1 panel to master controller 2.
1 COPY TO MC2 button Copies selected file in the master controller 1 panel to master controller 2.
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Chapter 26: Using Other Devices
With The PRO X

This chapter explains how to use other external devices with the PRO X.

Using multiple digital consoles

WARNING!

CHANGING THE SYNCHRONISATION CAN RESULT IN LOUD

NOISES FROM THE SYSTEM. ALWAYS MUTE THE PA AT THE
AMPLIFIER/SPEAKER BEFORE CHANGING THE SYNCHRONISATION SOURCE
OR MASTER/SLAVE STATUS.
You can use a PRO X Live Audio System together with one or more digital
consoles, which can be other MIDAS digital consoles or indeed any digital
console. For example, you can use two PRO X Control Centres together in a dual
FOH and MON system. To do this the digital consoles must be synchronised.
The synchronisation method can be via AES50, AES3 or wordclock. If you are
connecting the digital consoles via DL431 Mic Splitters, you can synchronise using
the splitters themselves via their AES50 connections.

Synchronising the consoles
Before you start, choose which MIDAS digital console you want as master.

For information on external AES50 synchronisation between two MIDAS digital
consoles, see “External AES50 synchronisation” in chapter 9.

>> To configure system synchronisation at the consoles
1. Mute the PA at the amplifier/speaker. Refer to the WARNING at the
beginning of this section.

2. Onthe the GUI of the master MIDAS digital console, select
home » Preferences » General, click the Configuration tab and then
click “Master” option under the Master/Slave Status heading.

3. Configure a slave MIDAS digital console by choosing
home » Preferences » General, clicking the Configuration tab and then
selecting the following options:

o Under the Master/Slave Status heading, click the “Slave” option.

 Inthe Synch Source panel, select which active source this console will
be; either Primary or Secondary. The choice can be made automatically
by checking the Automatic check box.

o Open the Sync Source drop-down list and select the desired
synchronisation source you want, that s, “Word Clock” or “AES3”. If
you want to sync using AES50, choose one of the eight AES50 ports as
necessary, for example, “AES50 Port 2”.

Repeat for any other MIDAS digital consoles. Configure any non-MIDAS
digital consoles as appropriate.

Sharing Mic Splitter A and B inputs

If you are using two MIDAS digital consoles with a Mic Splitter, you must
configure the consoles to use either the A or B inputs of the mic splitter.
Although it doesn’t matter which inputs each console uses, they can't use the
same ones. Also, both consoles must be synchronised.

>> To configure two PRO Series Control Centres for use
with Mic Splitters

Ina dual FOH and MON system it may be easier and more convenient to always
set the FOH control centre to master, and to use the mic splitter A inputs

for FOH and the B inputs for MON. Also, although the sync method doesn’t
matter in this case, it is easier to sync the two consoles using the Mic Splitter,
as described below.

1. Mute the PA at the amplifier/speaker. Refer to the WARNING at the
beginning of this section.

2. Configure the AES50 Sync option of the Mic Splitter's main menu to
Cable SyncA.

3. Configure the FOH control centre by selecting
home » Preferences » General, clicking the Configuration tab and then
selecting the following options:

o Under the Mic Splitter Inputs heading, click the “Use A Inputs” option
(shown right).

o Under the Master/Slave Status heading, click the “Master” option.

4. Onthe MON control centre, configure the port for the Mic Splitter
(see “Device set-up procedure” in chapter 8).

5. Configure the MON control centre by selecting
home » Preferences » General, clicking the Configuration tab and then
selecting the following options:

o Under the Mic Splitter Inputs heading, click the “Use B Inputs” option.
o Under the Master/Slave Status heading, click the “Slave” option.

o Open the Sync Source drop-down list and select the port that you
configured for the Mic Splitter in the previous step.

Using an external USB mouse

You can operate a GUI screen using an external USB mouse instead of its trackball
(in the primary navigation zone). To use the USB mouse, plug it into one of the
USB sockets (left of GUI screens, see “Saving your show files to a USB memory
stick” in chapter 9). The top USB socket is for the left GUI screen and bottom one
is for the GUI screen on the right. You can rest/operate the mouse in the primary
navigation zone.

Using an external USB keyboard

You can use a USB keyboard with either GUI screen. Use one of the USB keyboard
sockets at the front of the PRO X Control Centre (see “Front panel connections”
in chapter 29) as necessary.

Using an external monitor

You can use an external monitor for viewing what is displayed on either GUI
screen. Use one of the VGA output sockets on the rear of the PRO X Control Centre
(see “External monitor section” in chapter 29).
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Chapter 27: Changing The
User Settings

This chapter shows you how to change the user settings of the PRO X to suit your
own preferences and the current working environment.

The user settings are changed via the GUI menu, mainly from the tabs of the
Preferences screen (shown below) and the ‘Sheet’ screens.

>> To open the Preferences screen
Ata GUI screen, choose home » Preferences » General.

Setting the meter preferences

The Metering section of the User tab of the Preferences screen provides
global parameter adjustment of all the meters on the control centre.

Metering

Peak/Hold Time Meter Attack

Meter Delay Meter Decay

- = -

r L r —_— L]
L] ] I.’- i
o‘{ 0.5 100 =~ ‘2s

= 0.00 ms
0.00 M

o Peak/Hold Time control knob, sets the time (in seconds) the peak LED
stays on for, in the range 0 (no peak hold) to infinity (peak always on).
This only affects the meters on the GUL. Click the enable tick box below to
switch this on.

o Meter Attack control knob, adjusts the time it takes the meters to rise,
in the range 0 (no delay) to 10 milliseconds. Select the pre option to switch
the output channel meters to pre-fader.

o Meter Delay control knob, adjusts the meter delay time, in the range 0
t0 0.5 seconds. For example, if the control centre is FOH, this function lets
you synchronise the meters with what you are hearing. This is because the
sound from the performers on the stage will take a certain amount of time
to reach you, whereas the meters pick up that sound at source. Click the
enable tick box below to switch on this function. You can adjust the meter
delay by using the spin buttons underneath, which display the delay time in
milliseconds (ms) and distance in metres (m).

o Meter Decay control knob, adjusts the time it takes the meters to fall, in the
range 10 to 25 milliseconds.

Configuring a virtual soundcheck

The Virtual Soundcheck Record section of the Preferences screen lets you
set the record and playback options for a virtual soundcheck.

In the Record section:

o AlIDir. Out Pre-processing — switches all the direct outputs to
pre-processing.

o Unmute all Dir. Out — unmutes all direct outputs.

e Mute all Dir. Out — mutes all direct outputs.

o Set All Dir. Out Gains to 0dB — sets all direct output gains to 0 dB.

In the Playback section:

o Input Channel Source — lets you select the input channel source as
Normal or Tape Return.

o Enable all Tape Returns — enables all tape returns.
o Disable all Tape Returns — disables all tape returns.

Restoring the PRO X defaults

Caution:
The Restore Default Preferences button will reset all
console preferences, and must be used with great caution.
To alert you of the drastic consequences of operating this button,
a WARNING window appears.

Caution:

The Restore Default Globals button resets all console

defaults, including patching and 1/0 set-up, and must be
used with great caution. To alert you to the drastic consequences of
operating this button, a WARNING window appears.

You can restore console defaults by using the options in the Restore section of
the Configuration tab of the Preferences screen. However, these options must
be used with care.

>> To reset console preferences to default

Open the Preferences screen, click the Configuration tab and click
Restore Default Preferences. Acknowledge the warning window
(see Cautions above).

>> To reset all console settings to default

Open the Preferences screen, click the Configuration tab and click
Restore Default Globals. Acknowledge the warning window
(see Cautions above).

Checking the PRO X build information

This section, which is predominantly a service-only feature, shows the current
build and host software versions of the PRO X Live Audio Systems equipment.

PROX Version G3.4.4-release/3.4.4-(Bulld-11)



145 PRO X User Manual

Setting the configuration preferences itself, for example, a line 1/0 or mic splitter, configure its sync source

WARNING! asinternal.

CHANGING THE SYNCHRONISATION CAN RESULT IN LOUD «  SyncSource — drop-down list from which you can select the

NOISES FROM THE SYSTEM. ALWAYS MUTE THE PA AT THE synchronisation source. This is where the console can be set as either a
AMPLIFIER/SPEAKER BEFORE CHANGING THE SYNCHRONISATION SOURCE primary .or secondary sync ?Our(e.
OR MASTER/SLAVE STATUS. . Stage LinkXand Stage Link Y — select the snake type or each network.

This must be done before operating the PRO Series Control Centre,
otherwise it will not work.

Fan Speed — select the speed of the internal cooling fan of the PRO X
Control Centre as High (fast) or Low (slow). If you are operating the PRO X
ina warm or hot environment, we recommend that you select the High
option. If the noise of the fan operation is causing a problem, select the Low
or OFF option.

o Date and Time — click the SET button to set the date and time
(see “Setting the time and date”).

Caution:
The Automate Patching option switches on per-scene °
automatic routing, and must be used with caution. To alert

you to the drastic consequences of using this option, a WARNING

window appears.
The tabs of the Preferences screen lets you configure the system as follows:

** Preferences Show

Changing the user interface preferences

The User Interface section of the User tab of the Preferences screen lets you
set some of the PRO X Control Centre’s operating parameters to suit your
own preferences.

®* Preferences User

[
=
[
=
=
o
=
L]
n
L]

o Effects and GEQs — drop-down list from which you can select the desired
combination of effects and GEQs (see Chapter 15 “Graphic Equaliser (GEQ)”
in chapter 15).

o Automate Patching — ticking this option lets you change audio patching
in automation (see “Using patching in automation” in chapter 20).

o Surround Mode — select the type of surround mode you want. Otherwise,
select None for no surround mode.

o Display Rotary Values — the current value of a control knob can be
displayed as a numerical value on the GUI (see “Parameter values displayed
on touch” in chapter 6).

» FastZone Delay Control — selecting this option means that you place
the delay control for the inputs onto the surface controls. To do this you
have to cycle the gain swap switch (see “Mic amp input gain (preliminary
input processing)” in chapter 30) through digital gain, analogue gain and
then delay. Without selecting this option, the inputs delay control is a GUI
only feature.

" @™ preferences Link

 Input Select Follows Solo — when you solo an aux or matrix output, the
channel is automatically selected, thus bringing the output controls to the
surface detail area. This option only works in fader flip mode.

o Output Select Follows Solo - TBA

Automate Paging — select this option to store channel paging in
automation. So that, on scene recall, the control surface (channels assigned

o MicSplitter Inputs — if you are linking to another PRO X or PRO Series °
Control Centre (for example, for FOH and MON operation) this option lets

you select the type of inputs (A or B) you want for this PRO X Control Centre.
The other Control Centre must be set with the alternate option. For example,
if you select Use B Inputs at this control centre, the other one will have to
be set for Use A Inputs.

Master/Slave Status — selects the synchronisation source of the PRO X
Control Centre’s digital audio, which can be either internal or external. For
configuration details when connecting two PRO Series Control Centre’s, see
“Using multiple digital consoles” in chapter 26.

If you choose Master (internal), all system units must be configured for
external sync source.

If you want an external sync source, choose Slave. Then, select the sync
source from the Sync Source drop-down list (below). On the sync source

to it) will revert to the state it was in when the scene was last saved. When
unselected, scene recall does not affect channel paging.

Touch Navigation of Detail Area - TBA

User Global Meters Pre as Tap Button - TBA

Flash Global Tap Continuously - TBA

Collapsed Flip (Hide Unassigned Channels) - TBA

Outputs on Input Bay - TBA

Overwrite parameters — see “Overriding store scope” in chapter 20.
Fader flip:

o (hoose between Flip to faders and Flip to Pans to control the
currently selected mix bus using the faders or the pan control buttons,
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respectively, in the full input bay (see “Controlling the mix buses in flip
mode” in chapter 5).

o SyncArea B— when the PRO X Control Centre is set up for two-man
operation (see “Two-man operation” in chapter 9) and you are using
fader flip, selecting this option will synchronise the mix bus selection
across areas A and B, so that both areas operate on the same mix buses.

o VCA Unfolding — select Overlay Stereo pairs to unfold only left
channels of channel pairs when a VCA group is selected; use the scroll by 1
navigation buttons to display any right channel you want.

o Names Lists — click the SET NAMES to open a window from which you

can change the names in the input and output sheet lists (see “Changing the
default input/ output names”).

Changing the DSP timeout

The DSP Timeout section of the Configuration tab the Preferences screen
lets you set up your DSP preferences.

DSP Timeout

-
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o DSP Timeout — control knob for adjusting the amount of time (between
10 and 600 seconds) the DSP engine will continue to run after an update is
received from the control surface, before muting the audio.

o inf— tick box for selecting infinity, which will allow audio to continue
indefinitely if power to the control surface is lost.

Configuring the channels, groups and
internal units

You can change the default name and colour of the input and output channels,
groups, internal rack units and GEQs of the PRO X Control Centre that appear
on the control surface (LCD select buttons) and GUI. This is done via the ‘Sheet’
screen of each item, which is accessible via the GUI menu.

The procedure for configuring the VCA/POP groups is shown in “Configuring VCA/POP

groups” in Chapter 14, and this is principally the same for each of the above items.

Changing the default input/output names

You can change the names that appear in the lists on the Input Sheet and
Output Sheet. These lists provide you with a number of default names from
which you can choose when naming your inputs and outputs in the GUI menu.

>> To change the set names in the Input/Output Sheets
1. Atthe GUI, choose home » Preferences » General and select

the Usertab
2. Inthe Names Lists section click SET NAMES. This opens the

Set Name Lists window.

3. Inthe Set Name Lists window (shown below), click within the field
containing the name you want to change. Type in the new name (see “Text
editing” in chapter 6). Repeat for any other names you want to change.

4. Click CLOSE.

Adjusting PRO X illumination

The lllumination section of the User tab of the Preferences screen lets you
adjust the brightness and contrast of both GUI screens individually to suit the
operating conditions. You can also adjust the brightness of the lightbar (under
the hood) that illuminates the control surface, and the brightness of the LEDs
(including meters) on the control surface.

Illumination

™ Screen ™ Screen ¥ Lightbar

™ Brightness ™ Contrast ™ Brightness

Meters Other LEDs

Solo LEDs
- - oo
1Y e =g .
' 7 0 . 7 " ] 7 "
#full off v * full

off » #full off »

>> To adjust the GUI screen brightness and contrast

1. Atthe desired GUI screen, choose home » Preferences » General and
then click the User tab

2. Inthe lllumination section, do the following:

o Toincrease/decrease GUI screen brightness, click the up/down Screen
Brightness spin buttons.

o Toincrease/decrease GUI screen contrast, click the up/down Screen
Contrast spin buttons.

>> To adjust the brightness of the lightbar

Toincrease/decrease the brightness of the lightbar, click the up/down Lightbar
Brightness spin buttons.

>> To adjust the brightness of the LEDs/meters

To increase/decrease the brightness of the solo LEDs, meter LEDs or the other
LEDs on the control surface, use drag to adjust the appropriate control knob on
the GUI (from full to off).

Setting the time and date
You can change the PRO X Control Centre’s time and date.

>> To set the time and date of the PRO X
1. AtaGUIscreen, choose home » Preferences » General.

2. Inthe Date and Time section, click SET. This will open a window containing
Time and Date fields.

In the Time field, set the current time by typing the hour and minutes into
the Hour and Mins fields, respectively. Make sure you enter the time
correctly, according to the currently selected format.

i DST  oOn =
Hour Mins
15 : 08 Format 2ahour [
Date
Day (1-31) Month (1-12) Year (XXXX)
22 05 2016
o [

If necessary, change the time display format by using the Format
drop-down list.

4. Inthe Date field, set the date by typing in the current day, month and year
in the appropriate fields.

5. Click OK.
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Chapter 28: Delay Compensation
(Latency)

Atime delay is induced in a channel’s signal by placing, for example, an insert

or GEQ in its path. This delay affects system latency and can also produce
undesirable audio effects. To overcome this the PRO Series incorporates a system
of user-configurable delay compensation parameters. These are presented to the
user in the form of button-selectable options on the GUI and can be switched on
or off to suit the current application.

Insert compensation

Ifa channel insert is active, it takes a finite amount of time for the signal to

be sent through an internal or external effect and returned to the channel.
Therefore, with no insert compensation, channels with inserts assigned are
delayed more than channels that don’t have an insert assigned to them. If two
correlated signals with different delays are mixed together, this can produce
comb filtering.

External FX

Input channel with é @

external insert

* Delay through
D/A and A/D = 1.11ms

Internal FX

Input channel with
internal insert and
with compensation

.7 Delay PEQ/ ~—e DYN/ Analogue input XLR to
=0 ] DYN PE 9 =
e ms ® Q input channel output = 2.2ms
Input channel with no insert
and no compensation
Delay | | PEQY g DYN/ Analogue input XLR to
= 0ms DYN /.. PEQ o input channel output = 1.08ms
Input channel without insert
and with compensation
Delay | | PEQY 4 DYN/ ® Analogue input XLR to
= 1.09ms DYN —T_f. PEQ input channel output = 2.2ms

Delay through
internal FX = 0.7ms

DYN/ Analogue input XLR to

Delay PEQ/ — o
= 0.33ms DYN

e

PEQ ° input channel output = 2.2ms

To avoid the comb filtering effect, the PRO Series insert compensation works

by delaying all channels except the ones that have inserts assigned. In practice,
the actual delay used for compensation depends on the type of insert (internal/
external) and its location (stage/FOH). Each channel type or layer within the
control centre, such as, input, aux, master or matrix, has its own parameter
controlling the delay compensation for that layer. This provides the user with the
maximum flexibility and allows the control centre to be configured for the lowest
latency for a given application.

GEQ compensation

Output bus channels have the ability to have a GEQ inserted into them, which
incurs an additional delay in their signal path. With GEQ compensation active, a
delay is inserted into the output buses, which is removed when a GEQ becomes
active. This ensures that all bus outputs of the same type are aligned, regardless
of whether they use a GEQ or not.

GUI Delay Compensation options

PRO Series delay compensation (latency) is configured in the
Delay Compensation section of GUI menu'’s Preferences Delay screen.

For a description of the delay compensation options and details of when best to
use them, see Table 17 (below). In this table the Description column explains
what happens when the delay compensation option is selected (switched on)
and the Latency (ms) column shows the value that the overall system latency is
increased by.

>> To access the delay compensation options

At the GUI, choose home P Preferences » General and then click the
Delay Compensation tab

(EN
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Table 17: Delay Compensation options

Section Option Description Recommendations Latency (ms)
Time-aligns the output of ll input channels, If no inserts are used in the input channel
regardless of whether or not they have an layer, switch this option off to reduce the
Input Insert active |qsert. When this qptlgn is SWIched overall system latency. m
Channels off, any input channels with inserts will be T )
delayed relative to those input channels that Ifthere ISan |n§ert on any input channel,
do not have inserts. switch this option on.
Monitor Mode
Aux Sends (Align with See “Monitor Mode (Align with Masters)”. N/A N/A
Masters)
If there are no inserts on any aux channels,
Compensates for inserts placed in aux switch this option off to reduce overall
buses. To do this it modifies the delay that system latency.
sits between the input channel outputs If any aux channel has an insert, switch this
Aux Sends Insert and master/matrix channel inputs, so that . ! 111
X : - option on.
signals fed from inputs to masters will line ) o
up with signals fed from inputs through If the Monitor Mode (Align with Masters)
auxes to masters. option is selected, it is prudent to switch this
option off.
If no effects are used between the aux and
return channels, switch this option off so that
This option compensates the inputs to master | Overall system latency will be reduced.
and matrix paths for the signal path between |  Ifany effects are used between any auxes and
Aux Sends Send- FX-Return an aux through an effect, and back through a returns, switch this option on. 1
return to the master and matrix channels. If the Monitor Mode (Align with Masters)
option is selected, it is prudent to switch this
option off.
If no aux buses use GEQ, switch this option off
This setting controls the delay compensation | to reduce overall system latency.
Aux Sends Graphic EQ that aligns aux bus outputs for channels If any aux bus has a GEQ inserted, switch this 0.7
which do use GEQ with those that do not. option on to ensure all aux bus outputs are
time-aligned.
Time-aligns the output of all the master and
matrix channels, regardless of whether ornot | Ifnoinserts are used in the master/matrix
Master and they have an active insert. With this option channel layer, switch this option off to reduce
Mattix Insert switched off, the outputs of any master or overall system latency. 111
matrix channels using inserts will be delayed If Inserts are used in any master/matrix
relative to the equivalent channels not channels, switch this option on.
using them.
If no master or matrix buses are using GEQ,
o . switch this option off to reduce overall
Master and . This optlon controls the deIay compensation system latency.
Matrix GraphicEQ thataligns master anq matrix bus outputs for i i buses h G 0.7
channels using GEQ with those that do not. If any master or matrix buses have a GEQ
inserted, switch this option on to time-align
all master and matrix bus outputs.

Monitor Mode (Align with Masters)

The default control centre bus structure is organised such that inputs can

be routed to masters and also simultaneously routed to masters and matrix
channels via the aux (aux send) buses (Figure 28) or via the aux and return
buses (Figure 27), while maintaining the same overall input to output latency in
both paths.

When this switch is on, the delay element that is used to delay the paths from
input channels to master/matrix channels is removed. With all insert and GEQ
delay compensation switched off, the latency between a system input XLR and
a system output XLR being fed by an aux, master or matrix channel is 1.83ms
(Figure 29).

In this mode, it is advisable to use the same GEQ and insert compensation
settings for aux and master/matrix channels to maintain their identical

This may not be the desired structure if aux (aux send) and matrix outputs are
output latency.

both being used for monitor mixes, where it is desirable for aux, masters and
matrix outputs to be time-aligned with the minimum possible latency.
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Delay

Input channel

Aux send Aux return

channel channel

Input to aux output /r e

latency = 1.5ms

External FX

O

Master channel m

Input to master/matrix output
latency = 3.39ms

Matrix channel H—{ :)

Monitor Mode (Align with Masters) = off
Send-FX-Return = on
All other compensation = off

Figure 27: Routing via the aux send and return buses

Delay

Input channel

Aux send
channel

Input aux output g
latency = 1.5ms

Master channel —@\

Input to master/matrix output
latency = 2.26ms

e

Matrix channel o)

Monitor Mode (Align with Masters) = off
All other compensation = off

Figure 28: Routing via the aux send buses

Master channel

Input channel Delay

Monitor Mode (Align with Masters) = on
All other compensation = off

Aux send
channel

—Q

—

Matrix channel ||

Input to aux/master/matrix output
latency = 1.84ms

Figure 29: Latency for normal routing

Zones

The PRO X system can be divided into conceptual ‘zones’, as follows:

o System Input Zone: DL251 Audio System 1/0, DL351 Modular 1/0, DL431
Mic Splitter or DL451 Modular 1/0/AES3 inputs, which are normally routed
to input channels. These inputs are primary system inputs and the control
centre output latency is measured relative to these inputs.

e MixZone: Aux outputs, return inputs and master/matrix direct inputs,
which can be freely patched to and from internal or external effects, while
maintaining output signal alignment.

o Output Zone: System outputs, that is, master and matrix outputs when
Monitor Mode (Align with Masters) option is switched off, or aux, master
and matrix outputs when it is switched on.

Aux direct inputs are fixed to the System Input Zone, so that system inputs that
are routed to an aux direct input will automatically line up with inputs routed to
auxes via input channels.

Return inputs and master and matrix direct inputs can be configured to operate
in either the System Input Zone (for example, as additional control centre inputs)
or the Mix Zone (for example, as effect returns) and are configurable on a per
channel basis.

Examples of patches using the Mix Zone that are all fully compensated when the
Send-FX-Return delay compensation is switched on are:

o Aux->Internal/External Effect > Return
o Aux->Internal/External Effect -> Master Direct Input
o Aux-> Internal/External Effect -> Matrix Direct Input

For all system inputs — including insert return points — the actual location
of the input XLR is automatically compensated for, so an insert using I/0 at the
stage location will produce the same latency as an insert at FOH.

Input channel direct outputs are simply a copy of the input channel output or mic
input signal, depending on the direct output mode for a particular channel. It is
not possible to delay these signals to line up with the main system outputs or aux
outputs, so patching from a direct output to an effect and back in to a return/
master direct input etc. cannot be fully compensated for.

The input to direct output latency depends on the direct output mode and input
channel insert delay compensation status according to the following table.

) Input channel insert compensation (ms)
Direct Output mode
off On
Pre-processing 0.76 0.76
Post-processing 1.073 2188

(EN
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Master to matrix post-processing option

The signal path that feeds master bus signals onto matrix channels is fully
compensated for, so that signals fed directly to matrix channels or indirectly to
matrix channels via master channels will always line up at the outputs, as will
signals sent only to masters or only to matrix channels.

You have a choice of tap-off point, so you can choose to send either a pre-master
or post-master channel processed signal to the matrix channels. This is a global
setting and affects all master -> matrix contributions (see Table 30 “Master and
matrix tap-off points”).

From inputs/aux sends

Master channel °

and aux returns

Pre-/post-setting

\

From inputs/aux sends

and aux returns

3

Matrix channel J;@

Figure 30: Master and matrix tap-off points

Sending pre-processed master bus signals to matrix channels reduces the overall
system latency. If post-processed tap-off points are used, the system must
compensate for both the latency of the matrix and master channels, and — if insert
and GEQ compensation are both required on master and matrix channels — this
can push the maximum system latency up to 10.1 ms. With no other insert or GEQ
compensation switched on, using post-processed tap-off points produces a system
latency of 2.44 ms, as opposed to pre-processing tap-off points, which would
produce a latency of 2.26 ms. When Monitor Mode (Align with Masters) is
switched on, these values are 1.83 ms and 2.01 ms, respectively.

Solo bus delay compensation

The following signal paths all have the same latencies for the various delay
compensation preference settings shown below.

o XLR-IP-SOLO

o XLR-IP-AS-S0LO

o XLR-IP-MAST-SO0LO

o XLR-IP-MTX-SOLO

o XLR-IP-MAST-MTX-SOLO
o XLR-ASDI-SOLO

o XLR-MASTDI (Input) - SOLO
o XLR-MTXDI (Input) - SOLO
o XLR-AR (Input) - SOLO

Delay compensation preset Latency (ms)
FOH Mix 8.71
FOH Mix Low Latency 4.66
Monitor Mix 3
Monitor Mix Low Latency 241

Typical configurations

The following subsections contain actual examples of typical configurations to
illustrate the effects of delay compensation. Please note the following:

o AllXLRs are located at stage end, unless FOH is stated.

oINS can mean an internal effect or an external effect with analogue or AES3
/0 at either FOH or stage positions.

o Abbreviations are: IP = input channel; AS = aux (send) channel, AR = (aux)
return channel; AR (Input) = (aux) return channel set to input mode; MAST
= master channel; MTX = matrix channel; DI (Mix) = direct input set to Mix
Time Zone (DI can be either pre- or post-); and DI (Input) direct input set to
System Input Time Zone (DI can be either pre- or post-).

FOH mix setup

The following table shows the delay compensation settings for this mix.
Option On/off status
Master to Matrix Post-processing off
Input
Channels Insert ‘ On
Aux Sends
Monitor Mode (Align with Masters) off
Insert On
Send-FX-Return On
GraphicEQ On
Master and Matrix
Insert On
Graphic EQ On
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The following signal path examples all measure the same latency of 780 samples
at 96 kHz = 8.125 ms:

FOH XLR — IP — MAST — XLR

XLR —IP — MAST — XLR

XLR—IP —MTX - XLR

XLR — P — AS — MAST — XLR

XLR — P — AS — INS — MAST — XLR

XLR — IP (With INS) — AS (With INS) — INS — AR — MAST (With INS) — XLR

XLR — IP (With INS) — AS (With INS + GEQ) — INS — AR — MAST (With INS +
GEQ) -

XLR

XLR —MTX DI (Input)

XLR — AS DI - MAST — XLR

XLR — AR (Input) — MAST — XLR

XLR — IP — MAST — MTX

XLR —IP — AS — MAST (With GEQ)
XLR —IP — AS — MTX (With GEQ)

XLR — AR (Input) — AS — MAST — XLR
XLR — AR (Input) — AS — MTX — XLR

Monitor mix

The following table shows the delay compensation settings for this mix.

e XLR—IP—AS—INS—MAST DI (Mix) option On/offstatus

e XLR—IP—AS—INS — MTX DI (Mix) Master to Matrix Post-processing off

e XLR—MASTDI (Input) Input Channels

«  XLR—MTXDI (Input) Insert | of

e XLR—ASDI—MAST - XIR Rux Sends

« XLR— AR (Input) — MAST - XLR IMoni:or Mode (Align with Masters) g:f
nser

e XLR—AR (Input) — MTX—XLR Send-FZ-Retum off

e XLR—IP—MAST - MTX Graphic EQ on

e XLR—IP—AS (With GEQ)  MAST (With GEQ) Master and Matrix

o XLR—IP—AS (With GEQ) — MTX (With GEQ) Insert of

e XLR—AR (Input) — AS — MAST — XLR GraphicEQ On

(EN

* XLR—AR(input) ~AS - MTX - XLR The following signal path examples all measure the same latency of 243 samples

at 96 kHz = 2.53 ms:
e FOHXLR—IP — MAST - XLR

FOH mix low latency
The following table shows the delay compensation settings for this mix.

Option Onfoff status e XLR-IP—MAST-XIR

Master to Matrix Post-processing off * KR-IP—MTX-XLR

Input Channels o XLR—IP—MAST - MTX - XIR

Insert of « XR-IP-AS—XIR

Aux Sends e XLR—-IP—AS (With GEQ) — XLR

Monitor Mode (Align with Masters) off e XLR—MAST - DI (Input) - XLR

Insert 0ff e XLR—MTX-DI (Input) — XLR

Send-FZ-Return On e XLR—ASDI-AS—XLR

Graphic EQ off e XLR—ASDI-AS (With GEQ) — XLR

Master and Matrix o XLR—AR (Input) — MAST — XLR

Insert off «  XLR—AR (Input) — MAST (With GEQ) — XLR

Graphic EQ On o XLR— AR (Input) — MTX (With GEQ) — XLR
The following signal path examples all measure the same latency of 392 samples ~ *  XLR—AR (Input) — MAST — MTX - XLR
at 96 kHz =4.08 ms: o XLR—AR (Input) — MAST — MTX (With GEQ) — XLR
e FOHXLR—IP—MAST - XLR o XLR—AR(Input) - AS - XLR

o XLR—IP—MAST-XLR

o XLR—IP—MTX-XLR

o XLR—IP—AS-MAST-XLR

o XLR—IP—AS—INS—AR—MAST-XLR

o XLR—IP—AS—INS— AR — MAST (With GEQ) - XLR
o XLR—IP—AS—INS— MAST DI (Mix)

o XLR—1IP—AS—INS—MTXDI (Mix)

o XLR—MAST DI (Input)
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EN Monitor mix (low latency)
The following table shows the delay compensation settings for this mix.

Option On/off status
Master to Matrix Post-processing 0ff
Input Channels

Insert ‘ off
Aux Sends

Monitor Mode (Align with Masters) On
Insert 0ff
Send-FZ-Return Off
Graphic EQ Off
Master and Matrix

Insert 0ff
GraphicEQ off

The following signal path examples all measure the same latency of 176 samples
at 96 kHz = 1.83ms:

o FOHXLR —IP — MAST — XLR

e XLR—IP—MAST-XLR

e XLR—IP-MTX-XLR

e XLR—IP—MAST — MTX-XLR
o XLR—IP-AS—-XLR

o XLR—MAST DI (Input) — XLR

o XLR—MTXDI (Input) - XLR

o XLR—ASDI-AS—XLR

o XLR— AR (Input) — MAST — XLR
o XLR— AR (Input) — MAST — MTX — XLR
o XLR—AR(Input) - AS—XLR
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Description

Chapter 29: Panel Connections

This chapter explains the front and rear panel connections of the
PRO X Control Centre.

Front panel connections

The PRO X Control Centre has two connector panels at the front (left and right)
and one to the left of the GUI.

o}

USB memor
y Headphones with mic

stick BN

C .

Any USB

S

device

)

AN

[ [/

/ _
/

Front view of PRO X

0 = qulu i SEEES gy = O

%_J

I ! ’ Headphones ‘ !

Monitor A Monitor B

Typical PRO Series Control Centre front panel connections

(EN
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Rear panel connections

This section details the three main sections of the rear of the PRO X
Control Centre.

Mains power and ventilation section

Caution!
A minimum of two power supply modules must be
supplying power to the PRO X Control Centre for

correct operation.

The power supply comprises three identical mains and fan assembly modules.
Each mains socket accepts a locking IEC mains connector.

There is a DC power on/off isolator switch above the three modules.

D.C. POWER

Connecting a PRO X Control Centre to the mains supply

Item

Description

D.C. POWER on/off isolator switch.

Green power on/off LED indicator. llluminates when the power at its associated mains
outlet is switched on.

Mains IEC socket.

Module handle.

Fan vent.

Mains and fan assembly module.

~N | oy B W

Mains IEC cable assembly, with locking type connector.
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External connections and communications (centre left) section
The far left rear connector panel houses the sections shown in the following diagram.

External connections and communications on the rear panel of a PRO X Control Centre

Item Description

1 MIDI section (see “MIDI section”).

2 talk section (see “talk section”).

3 Monitor/surround outputs section (see “Monitor and assignable outputs/ surround section”).
4 KVM connections section (see “KVM connections section”).

5 VGA outputs section (see “External monitor section”).

KVM connections section

Three sets of KVM connections allow three PCs (laptops, tablets etc.) to be connected to the PRO X Control Centre for external monitoring and control.
Each set comprises a VGA monitor input 15-way, D-type socket and a mouse & keyboard output USB type B socket, which can be used for connection of a

mouse or keyboard.

,—K‘J M connections —|

Elm— <
is USB type B
-way connector
Laptop PC D-type
tablet etc. connector L

&
manitor keyboard
input output

KVM connections on the rear panel of a PRO X Control Centre

Mouse
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E N > talk section Monitor and assignable outputs/surround section
The talk section has the following connectors: There are two monitor outputs sections (a and b) for the monitor A and
« talk output — male output XLR. B sections, and an assignable outputs section. Each section has right and

o talk mic— female input XLR. This is the equivalent to the talk mic socket left connectors.

on the front panel (see “Front panel connections”). Use one or the other of When the PRO X is configured for surround panning operation the three output
these connections, but don't use both. sections function as speaker/subwoofer connectors. The connections for the

« talk back— female input XLR. three types ofsyrround operatlon.(quad, LC.RS and 5.1) are showp in Figure 31,
Figure 32 and Figure 33. For more information on surround panning,
see “Surround panning” in chapter 9.

monitor b. assignable monitor a
|_ outputs T |_ outputs —| |_ outputs —|

G
e Yo Y @ e

@

talk output talk mic talk back

MIDI section

The MIDI section has in, out and thru sockets that each accepts a
5-pin DIN connector.

———MiDl———
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Front right
Front left ' /

, \ 30° 30° R
/ \
I 110° £109 \ | / 110° £10° ‘
Loudspeaker (

Listening -

distance Rear right
(right surround)

Rear left
(left surround)

monitor b as=|gnable
uulpuls uutpuis

right EVEREIT left

Figure 31: Connections for a quad surround system (with recommended speaker set-up)
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Centre

Front left / Front right

ol
/ ' \

N ’

{I 110° £109 \ | / 110° £10°

Loudspeaker

Listening -

distance Rear right
(right surround)

Rear left
(left surround)

Both have an
identical signal

Figure 32: Connections for an LCRS surround system (with recommended speaker set-up)
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Subwoofer

Front left / Front right

/

. \ 30°| 30°
/ /?I<\
110° £109 \ | / 110° £10°
Loudspeaker
Listening -
Rear left distance Rear right
(left surround) P (right surround)

Figure 33: Connections for a 5.1 surround system (with recommended speaker set-up)
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External monitor section

You can view exactly what is shown on the GUI's mix and master bay screens on external monitors. Each screen has a 15-way D-type connector into which you can plug

an external monitor.

Mix bay Master bay /

,—scrl:'cn 2—]

EDL

VEGA output

Monitor

GUI screen associations of the external monitor VGA connectors on the rear panel of a PRO Series Control Centre

Audio, networking and synchronisation section
The centre connector panel houses the following.

&

—snake Ly

@ e ® o

——5nal o
@ @
£ 10 s . ) £ 10

-

Typical audio, networking and synchronisation connections on the rear panel of a PRO Series Control Centre
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Item Description
1 word clock 75R section (see “Word clock”).
2 AES3 sync section (see “AES3 sync”).
3 Ethernet tunnel section (see “Ethernet tunnel section”).
4 Ethernet control section (see “Ethernet control section”).
5 AES50 audio section (see "AES50 audio”).
6 snake X and snake Y sections (see “snake X and
snake Y sections”).
Word clock

The word clock 75R section comprises input and output BNC cable sockets for
synchronisation with external devices that can transmit/receive a 96kHz word
clock signal.

|-wurd clock TSR

=

BNC type
connector

BNC type
connector

Ethernet control section

AES3 sync

input and output connectors for synchronisation with external devices that can
transmit/receive a 96kHz AES3 signal.

Ethernet tunnel section

An external 10Mb/s port (on EtherCon®) allows connection to external non-
MIDAS equipment, such as hubs and switches.

Note: We recommend that you connect this port after the PRO X Control Centre has
powered up, see “Powering the system” in chapter 4.

Ethernet tunnel

Two 100Mb/s Ethernet control ports (on EtherCon®) let you connect equipment, such as the KLARK TEKNIK DN9331 RapidE.

— Ethernet
3 control._|

AES50 audio
Three AES50, 24-wide, bi-directional digital audio EtherCon® ports.

optical copper

l—AE85D audic—|

DN9331 RapidE

(EN
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snake X and snake Y sections
This section houses the ‘snake’ ports that connect the PRO X Control Centre to the stage.

Rear of Neutron unit

copper optical copper

Hw

o SRS P

\

43 Rear panel of PRO X Control Centre

Snake interconnections for the PRO X Control Centres

Item Description

1 Fibre optic ‘snake’ (cable) connectors, with OpticalCon® sockets. These are HyperMac, 192-wide, bi-directional digital audio ports.

2 Copper ‘snake’ (cable), with EtherCon® connectors. These are Gigabit, HyperMac, 192-wide, bi-directional digital audio ports.

3 ok LED (green) for both the optical/copper X and Y snakes. Pulsates when the link is synchronised between the router and end point.
4 error LED (red) for both the optical/copper X and Y snakes. llluminates when either no communications or a fault are detected.

1/0 section (far right)

The primary system 1/0 panel has three slots (shown below) for fitting standard 8-way cards as used on the DL451 Modular /0 and DL351 Modular /0 units. This gives
amaximum of 24 inputs and 24 outputs, provided the appropriate cards are fitted.

Typical modular /0 section on the rear panel of a PRO X Control Centre

For information on the 1/0 modules, see Appendix E “1/0 Modules”.
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Chapter 30: Inputs

By default, all of the input channels are mono, although any two adjacent channels can be linked to form a stereo pair. The order of processing in the signal path of

both channel types is basically the same.

The order of the descriptive sections in this chapter loosely follow the physical layout of the input fast strips (top to bottom), which is also approximately the signal
path taken by the input channels. However, this varies according to signal processing order and the operation of certain controls.

Although the input fast strips in the 12- and 4-channel inputs bays are identical in appearance, their function may vary, depending on the operating mode. Therefore,
this chapter will concentrate on the fast strips in the 12-channel input bay and its associated channel strip in the mix bay, although any differences between the two

input bays will be highlighted and explained.

Input channel routing

The diagram below shows the default signal path, on which the structure of this chapter is based. This chapter will explain each of these groups of controls, showing

the pertinent controls on both the control surface and GUI.

Input channel signal path

Order can be

swapped by

pressing the
C/0 button

N

Mic splitter remote
controls

Channel configuration

Gain and filter controls

Direct output

Gate

Compressor

Insert controls

Equaliser

Aux controls

Matrix controls

Master controls

(EN
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Input channel areas of the control surface

The control surface has a total of 16 input fast strips, so that 16 input channels can be at the control surface at any one time. The input fast strips are divided between
the 12-channel input bay (left) and the 4-channel input bay (right).

. . . rﬁ . .
EIIIIIII IEII!IIIIIIIIII llélElIl
BROGVEE BOGTRERE VRRAAUEE UL
mom’om’om’s mom'om'om’'s mom'om’om’e = oomom’om’s
momemam momomem, =omomom | | 969 CEooooo | e | oo,
"omomato momomamo momamns | | 20 8 EEEEEEEE]) e DICICICN
wom'om’om’s wom'om’'om’e mom'om’om’s || bmms ] wom'om’om’s
554 So| DI | 552 ELEE
S EEEEEEEN &5 R
L . “* oo - mEm
hO=0 2B ®m E®m B8 HBo@omomo
e =="="z"
=9 =z COCCTCTT 606 o|
OO ] oo
B g D'0°0°0°0°0°0-0°0°0° X1 CRCACRER
B | o'ocorororocneoeoe o -] o*o*oc ot
=Ei B, Sccaonas
o Hieraer]
=[] O e )]
i ——
Input fast zone Channelstripand GUI control areas Channelstripand Input fast zone
(12-channel bay) mixes (mix bay) mixes (master bay) (4-channel bay)

Areas on the control surface concerned with the input channels
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Input fast strips, channel strips and mix buses

This section shows the layout of an input fast strip, a channel strip and the mix buses on the control surface. (Only the fast and channel strips of the 12-channel and
mix bays are shown here, as the ones in the 4-channel input bay and master bay are similar.)

Input fast strip

Channel strip Mix buses
| |

bus sends

OoN

levet  pan

=

ot @

direct out
comp
=

D zone

L o 4
ratio/ range e
= ’ [+

gate

wsen © () @

parametric EQ

[ ]
=[]

m E zone

m

mix

o

D.- I-BE',
s COCCECET
CCCLIILLLL]

(EN
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Inputs on the GUI

The GUI has two types of default screen: Overview and Console Qverview.
The Overview screen displays 12 input channels and Console Qverview screen
gives a limited overview of all of the inputs.

When an input fast strip is selected, the GUI's channel strip displays the channel’s
input channel overview. From this display, you can access processing areas by
clicking within specific sections, while avoiding any controls.

For information on how the GUI displays the input channels, see “GUI”
in chapter 3. For details of how to operate the GUI, see Chapter 6 “Working With
The Control Centre”.

GUI input fast strips

The input fast strips on the GUI (a typical example is shown right) give an
overview of their equivalent versions on the control surface. These show the gain,
bus controls, pan control knob and fader.

The gain trim section changes its appearance to suit the type of control that has
been ‘swapped’ to it (see “Using gain swap”).

GUI channel strips (inputs)

When an input channel is selected, its overview appears in the channel strip.
This is called the “input channel overview” (shown right), and provides limited
controls and status information. Clicking a non-control area within a specific
section will open that section’s processing area, which contains a comprehensive
set of controls. The following processing areas are available, which are shown in
Figure 34 “Processing areas available from the input channel overview display”:

o (onfiguration (direct out, safes and gain trim - channel ID, channel source,
filters, linking, swap, delay and processing order)

o Compressor

o (ate

« EQ

o Inserts

e Mixbuses

o Masters (faders, solo, panning etc.)

For details of how to navigate the GUI channel strip, see “Navigation via the GUI”
in chapter 7.

®™ Overvi

IN1 [

input channel overview

aux sends on detail area

On Pre
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Compressor Configuration

W O™ Input

Gate
Input Channel Overview

—E™ Input :
T | @™ Overvi .- EQ

S " Input

input channel overview
dir out

aux sends on detail area

On Pre
On Pre
Matrix buses
on
on
on

on

on

Aux buses

"™ Over

W Micd 7

Although mtx sends
9-16 are not shown,
their displayis similar
to above

Although aux sends
9-16 are not shown,
theirdisplayissimilar to

Figure 34: Processing areas available from the input channel overview display
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Insert

% Overview|

s AuxRl 8

aux return overview

" Consdg

aux return overview

EQ
Overview
= AuxRl &

| NS insert |

OFF

aux sends on detail area

On Pre
On Pre

Masters fre

™ Consd Pre

~w RuxRaE

Pre

Lt D 17-24
33-20 41-28

Figure 35: Processing areas available from the aux return overview display

Configuration

Matrix buses
™™ Consq

TATAuxRa

Although mtx
sends 9-16 are
not shown their
displayis similar
to above
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Input metering
Change to “The Console Overview screen shows all of the meters all of the time.

Meters can be switched globally to monitor the raw A/D input point, and are also individually switchable using the CHECK button in the gain trim section
(see “Mic amp input gain (preliminary input processing)”).

signal gain
level reduction

+21
+18
+15
+12
+9
+6
+3
]

-3
£
9
12
-15
-18
21
-24
27

-30
-33
-36

M @™ Console Overview

aux sends on detail area

32

ool I
momamomo mamomom | 90§ 20 UL L lobal meter
FERLEEEEL ) e : 9

ooy Romomon

Input metering on the control surface and master bay GUI screen

Item Element Description

1 signal level meter ZO—segment LEP meter ‘cluster’. Defaults to monitor pre-fader signal level. Meter range is +21 dB to
-36 dB, in 3 dB increments.

5 gain reduction Seven-segment LED meter monitors the amount of gain reduction when using a compressor.

meter Meter range is 1dB to 20 dB, in varying increments.

3 gate meter Seven-segmgnt LED meter, mlonitors.the amount of gain reduction when using a gate.
Meter range is 5 dB to 35 dB, in 5 dB increments.

4 PRE switch Global meter switch that switches all inputs to monitor the raw A/D input point

5 Input channel area Shows the meters for all of the input channels.

6 Clr. Peaks button This button momentarily clears the meter peaks.

(EN
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Channel configuration controls

There are a number of input channel controls that are loosely termed ‘channel
configuration’ controls. These comprise:

 Input channel ID (GUI only): name and identification. Both the name
and colour of the name field are user-configurable. For details, see “Input
channel ID (GUI only)”.

 Input channel source (GUI only): shows where the input is routed
(patched) from, that is, the physical location the input channel is notionally
getting its audio from, and provides direct access to the Patching screen.
For details, see “Input channel source select (GUI only)”.

Gain swap: swaps from remote (stage box) gain to digital trim (console
gain), and vice versa. For details, see “Mic amp input gain (preliminary input
processing)”.

« Stereo linking: links adjacent channel for stereo operation. For details, see
“Stereo linking (GUI only)”.

o Input channel direct output: routes signal path from a selected point to
an 1/0. For details, see “Direct output”.

 Input channel safes: has safe switches that protect specific controls from
being changed by the automation system. For details, see “Safes”.

« Gain and filter: micamp input gain.
« Inserts: allows configuration of the send and return points when an
insert is used.

o Input channel delay (GUI only): user-defined delay to be added to the
input signal processing. For details, see “Input channel delay (GUI only)".

» Processing order: selects whether the EQ or the dynamics comes firstin an
input channel’s signal path.

Their control is divided between control centre and GUI, although some are

GUI only. All of them are in the configuration processing area, with the exception
of the inserts, which have their own processing area (see Figure 34 “Processing
areas available from the input channel overview display”).
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Areas on the control surface concerned with input channel configuration

Input channel ID (GUI only)

You can change the channel name in the GUI strip. This can be done in the input
channel overview or in any of the processing areas.

To change the background colour of the input channel name field (green in the
example shown), open the Input Channels Sheet screen of the GUI menu.

On the control surface, channel ID is displayed on the LD select button
(see “LCD select button”).

>> To change the channel name in the GUI channel strip

Click within the channel name field and type in the new channel name (see “Text
editing” in chapter 6).

Input channel source select (GUI only)

The channel’s source is shown in the text field; if none has been selected, it will
contain the text “Unassigned” (as shown right). You can select the source for this
channel by clicking source, which opens the Patching screen (see Chapter 8
“Patching” in chapter 127).

Unassigned

Also, by clicking the recorder button you can set the input source to tape
returns, (for example, for a virtual soundcheck).

Input channel delay (GUI only)

The input channel delay can only be changed via the delay section of the
configuration processing area (GUI channel strip). This section has a control knob
for adjusting the delay in the range Oms to 50ms; this value is displayed in both
milliseconds (ms) and metres (m). You can fine tune the delay value using the
spin buttons to the left of the control knob.

The delay section lets you incorporate a time delay on an input channel, which
is used mainly for mic placements and time aligning to reduce comb filtering.
For example, on a drum kit mic set up, you may have a mic close to a snare drum
and a couple of overhead mics. In this case, setting an input channel delay on
the snare drum — to bring it more in line with the overheads — will probably
produce a better sound.

Stereo linking (GUI only)

The linking/gain swap section of the configuration processing has a LINK switch
for linking the selected input channel to the adjacent input channel on the right.
The LINK OPT. button opens a Stereo Linking Options window from where
you can choose which parameters you want to link.

For more information, see Chapter 10 “Stereo Linking” in Chapter 17.
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Safes
Each input channel has six different safes that protect specific controls/areas from the automation system.

You can switch the safes on/off by using the buttons in the channel safes section of the channel strips or via those in the input channel safes section on the GUI, which
also illuminate when they are on. The input fast strips on the control surface only provide on/off status information via the LEDs in the safes section and the ones just
above the faders.

For more information on what areas are protected by each safe, see Appendix M “Parameters Protected By Safes”.

input channel safes
EQ DYN

MTE

LA RREL RRL
vl il il

E . o
D08 2000 f2000natk B0, s

safes 3 Ve p:eusos

mic amp

eq

dynamics

channel safes
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Mic amp input gain
(preliminary input processing)

There are two types of mic input channel controls: digital and remote. Most of
the controls are digital, which directly affect the parameters stored within the
DSP. However, a few controls can also be thought of as remote controls, which
control the physical components of the mic splitters and even components that
are in the signal path before it enters the digital domain.

The remote controls are dependent on the types of cards fitted in the /0 box.

For example, the analogue input module (DL441) has a 48V phantom voltage
button and a gain control. The controls are adjusted via the device’s configuration
window (see “Configuring the devices” in chapter 8).
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Mic amp input gain on the control surface and GUI

By default, console digital trim is adjusted by the gain trim control knob in each
input fast strip and the remote gain control is adjusted by the stage box control
knob in the input channel strip. However, by pressing the gain swap button these
functions are swapped over, so that the gain trim control knob now controls the
remote gain, and the stage box control knob controls the digital trim. Pressing
gain swap again reverts them to default. As the legends of these two control
knobs on the control surface are permanently fixed, their current ‘swap’ status
can only be determined via the GUI.
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Item Control Function
1 48V switch (stage box only) annects 48 volts of phantom power to the XLR mic input channel connector. Suitable for a condenser
microphone or DI box.
2 TALK switch Connects talk mic and/or tone and noise generators to the input channel.
3 Gain swap button See “Using gain swap”.
4 SLOPE switch (digital trim only) Sele'cts the value of the high pass filter. Where, switch on (illuminated) = 24dB slope and switch off
(extinguished) = 12 dB slope.
5 SLOPE switch (digital trim only) Selects the low pass filter. Where, switch on (illuminated) = 12 dB slope and switch off = 6 dB slope.
Adjusts the input gain of the remote amplifier in 5dB steps, ranging from -5 dB to +40 dB. Note that the
6 stage box control knob stage box control knob on the control surface will only adjust the gain currently selected to the GUl input
channel strip, that is, stage box or digital trim.
Monitors the mic amp input after the 30 Hz filter, but before any further processing. (The 30 Hz subsonic
7 CHECK switch (stage box only) filter switch accesses the high pass filter on DL431 Mic Splitter if the PRO X is connected to an XL8. In this
case, gain steps would be 2.5 dB to +45 dB.)
Acts on remote amplifier (mic splitter) to remove very low frequencies in the audio signal — usually
8 30Hz subsonic filter switch caused by noise on stage. This avoids wasting valuable headroom trying to digitise it. This button changes
the meter to monitor mic amp output directly.
low pass control knob . .
9 (digital trim only) Adjusts frequency of low pass filter in the range 2 kHz to 20 kHz.
10 Lo'w'pass fllter switch /IIN] Activates low pass filter in the input channel signal path before the insert points and EQ.
(digital trim only)
11 High pass flter switch vy Activates high pass filter in the input channel signal path before the insert points and EQ.
(digital trim only)
high pass control knob . . .
12 (digital trim only) Adjusts frequency of high pass filter in the range 10 Hz to 400 Hz.
Applies a 180° inversion of the input signal polarity within the input amplifier, such that channel signal
will have opposite polarity to the input signal.
This is used to correct input signal phase problems when trying to sum signals that are 180° out of phase.
13 Phase switch & For example, where two mics are facing each other when using a mic on both the top and bottom of a
snare drum. Ordinarily, the two mics would be out of phase - causing cancellation when the control centre
sums the two signals into the output. Reversing the phase of one signal causes the mics to have the same
phase, thus avoiding cancellation.
Applies continuous trim adjustment (small digital steps) of the input signal level in the range —40 dB
" Gain trim (digital trim) control knob to +20 dB. Gives a further 40 dB of fine adjustment (DSP) on top of the remote amplifier gain setting.
9 Note that this control knob (control surface only) will only adjust the gain currently selected to its GUI
input fast strip, that is, stage box or digital trim.
15 Graph Shows the effects of currently applied filter.

Using gain swap
Operating the gain swap button, swaps the function of the gain trim

(digital trim) section (top of input fast strips) to that of the stage box section
(GUI channel strip). The effects of this action are only shown on the GUI,

asillustrated in the diagram below.

0 Always check the GUI for ‘swap’ status.

HAT

stage box

Processing order

The processing order section (control surface and GUI) has a button that
changes whether the EQ or the dynamics comes first in an input channel’s signal
path. The current order of processing is only shown on the GUI, just under the
processing order section.

Gate always precedes compression, no matter what the processing order is set to.
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Direct output

The direct output section provides an internal connection to effects etc. ora
way of leaving the control centre via an I/0 box. It lets you take a signal directly
out of a defined point in the input channel’s signal path and route it to either
an internal assignable effect or a physical output (a physical connection at one
of the line 1/0 boxes). This function is optional and assigned on a channel-by-
channel basis.
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direct gutput

18
i
1
N 0
6
3
3 "0 s 10
-6
-9 =)

Direct output controls for the input channels on the control surface and GU/

This section is deliberately distanced from the main channel panel controls
because it s a limited resource and unused on many channels.

Selection of signal path position (item 4) and destination (item 5) can only be
carried out via the GUI.
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Item Control Function
Mutes any assigned direct output by removing signal from the output. However, it will not operate (will remain illuminated) if nothing
1 MUTE switch is assigned. Itis included in the scene recall system but is not affected by the channel mute safe or the auto-mute masters (unless the
source tap-off point is after the main channel mute).
2 Solo B switch Changes the operation of the SOLO switch so that it routes signals to the monitor B section of the control centre.
3 SOLO switch Activates signal routing to the Monitor A section of the control centre.
4 ;a:s‘—)mpomt Shows where the direct output is sourced from in the signal path, as selected by the mode button (see item 6).
5 dest button Opens the Patching screen so that you can select the destination of the direct output.
Changes the source tap-off point for the signal. There are three options: post-fader and mute; pre-mute and post-processing; or pre-
6 Mode button : ; o . ) : .
mute and pre-processing. This function is not used if the direct output is not assigned to channel.
7 Meter (10-LED) Monitors the direct output level in the range +18 dB to -36dB.
8 Control knob Adjusts direct output level. Range is infinity (o) to 10 dB.
9 assigned LED [lluminates when a direct output is in use.
Direct output ) o ) . o Lo
10 drop-down list Displays the destination(s) of the direct output. For example, to an 0/B vehicle, while simultaneously going into a DN9696.

Dynamics (D zone)

The dynamic section — or D zone — controls two dynamic devices present

in the input channel signal path, that is, the compressor and gate. While most D
zone controls are shared between the two dynamic devices, some are device-
specific. The GUI treats both devices independently, the processing area of the
one currently displayed in the channel strip being the one currently selected

to the D zone. Swapping between the two dynamic devices can be done via an
input fast strip, the D zone or the GUI (see Chapter 7 “Navigation”). Operating the
dynamic device’s ON button activates the device, but also affects the audio.

You can select the source of both the compressor and gate, and also use the side
chain for both. For side chain details, see “Side chain”.

Compressor

The input channel compressor has four styles — corrective, adaptive, creative
and vintage — which are selectable via the mode button. Each has a distinctive
appearance in the GUI channel strip. While the dynamic section is addressing the
compressor, all of its controls are enabled except the hold control knob.
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Compressor types and their input channel controls (control surface and GUI)

Item | Control Function
1 ON switch Enables t'he compressor in the signal pgth. When switched off, compressor is bypassed. (Both the comp and
gate switches can be on at the same time.)
To aid set up, the compressor has a side chain listen that sends the side chain onto a solo bus.
2 listen LED The listen LED illuminates to warn you that soloed material is from the side chain, and not the main channel.
For information on the side chain, see “Side chain”.
3 threshold control knob Sets the signal level above which gain reduction starts to be applied. Range is from -50 dB to +25 dB.
4 éomp/gate upand Swaps dynamic section control from compressor to gate, and the reverse.
own selectbuttons
5 make up gain Compensates for the reduced loudness of a compressed signal. Range is from 0dB to 24dB.
control knob
6 KNEE switch Controls hqw compressor sFarts to apply gain as the signal goes thrqugh the threshqld; see ”ere type”.
For a description of the options, see Table below. For more information, see “Knee” in Appendix A.
7 ratio/range/[ratio] Adjusts amount of compression applied to signals above threshold. Range is from infinity (co) to 1:1.
control knob When set to maximum (1:1), sets compressor to limiter mode.
8 attack control knob Adjusts time for compressor to respond after an over-threshold signal. Range is from 0.2 ms to 20 ms (milliseconds).
9 MODE switch Select.s compressor mode.'There are four compressor types .a\vaiilable: corr.ective, adaptive,
creative vintage and shimmer. See “PRO modes (dynamic)” in Appendix A for details.
Adjusts time for compressor to recover after programme material falls back below threshold.
10 release control knob Range is from 0.05s to 3.00s (seconds).
n Gain reduction meter Mimics the gain reduction meter at the top of the input channel’s fast strip (see “Input metering”).
12 Graph See “Compressor graph”.
13 Presence Boosts the upper mid-range frequencies to give added depth to voices and instruments with similar tonal ranges.
As a default (and even though they are different) all the compressor signatures have been designed to sound as pure and
natural as possible. To achieve this, many of the undesirable artifact that are commonplace amongst analogue compressors
1 MOR have been eliminated; most notably the negative effects of soft knee and/or high signal amplitude. There are circumstances

when this correction process is not desirable and the MORE switch can be used as an override to get greater character from
the compressor signatures. This tends to accentuate the differences between them and emphasizes transients as well as
increasing pumping and distortion. This can notably change the sound of the source as well as providing dynamic control.

(EN
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Compressor graph Ratio
This section uses examples to illustrate the effect on the compressor graph of The following diagram shows a signal on the compressor graph with ratio
adjusting the compressor’s parameters. applied; it shows the point of threshold and how ratio affects the gradient of

the signal following this. The graph on the right shows an uncompressed signal,
thatis, with no ratio applied.

With ratio applied No ratio applied

1

Graphs showing the effect of applying ratio

Item

Description

Input level The ‘x-axis’ of the graph.

Output level The ‘y-axis’ of the graph.

This portion of the graph is pre-threshold and is unaffected by compression, that is, with a gradient of 1:1.

This portion of the graph is post-threshold and shows the effects of compression. The gradient is the same as the compression ratio.

Threshold The point where the gradient changes and where compression starts to be applied.

[N T S O S R R

Graph with no ratio applied, that is, 1:1 gradient. (What you put into the compressor, you get out.)

Threshold

The following diagram shows the effect on the compressor graph of adjusting threshold.

Item Description

1 Threshold: The point where the gradient changes and where compression starts to be applied.

2 A threshold reduction will move the threshold point left, as shown in the example above (green line). Less signal is passed 1:1.

3 Athreshold increase will move the threshold point right, as shown in the example above (yellow line). More signal is passed 1:1.
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Knee type o Medium knee Intermediate knee type.
There are three knee types as follows, which are illustrated in the o Soft knee Compressor, starting from slightly before threshold, gradually
following diagram: makes the transition to applying gain reduction at selected ratio.

o Hard knee Compressorimmediately applies gain reduction at selected ratio
once attack time has elapsed.

-

Graphs showing the three knee types. Note that hard knee has hardly any curve at all, while the knee
becomes noticeably more rounded in soft knee mode.

Compressive display types o Within knee area If signal goes into knee area to point where gradient

With a signal running through the compressor, a coloured line on the graph changes (more obvious with medium and soft knees), compression starts to

follows the contour of the shaded graph area. The line’s colour changes according be applied and line colour changes to yellow.

to which of the three signal levels it is at. o Full compression If signal reaches the point where gradient changes

«  Uncompressed f signal doesn't reach threshold (point where (overthreshold), full compression at selected ratio is applied and line colour
gradient changes), the line is green. As the threshold is not exceeded, changes to red.

the signal is uncompressed.

Uncompressed Within knee area Full compression

Typical graphs showing the line representing the signal level as it follows the contour of the compressor
envelope and changes colour as it passes through the knee

(EN
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Gate / Transient Gate / Ducker
While the dynamic section is addressing the gate, all of its controls are enabled except the make up control knob and the MODE and KNEE buttons.
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Gate controls for the input channels on the control surface and GUI

Item Control Function
1 ON switch Enables gate in the signal path. When switched off, gate is bypassed. (Both the comp and gate switches can be on at the same time.)
3 listen LED To aid set up, the gate has a side chain listen that sends the side chain onto a solo bus. The side chain listen LED indicator illuminates to
warn you that soloed material is from the side chain, and not the main channel. For information on the side chain, see “Side chain”.
3 E:;ESMM control Sets signal level at which gate opens. Range is from -50 dB to +25 dB.
4 hold control knob Minimises chattering in conjunction with internal hysteresis. Once the signal is detected as below threshold, this defines a waiting period
before the gate starts to close. Range is from -0.005s to 2.000s (seconds).
5 Up/down Swap dynamic section control from compressor to gate, and vice versa
select buttons pay p gate, ’
6 [::;o/;]ange/ On the gate, this control adjusts the amount of gain reduction applied to the signal below threshold. Controls the maximum gain
9 reduction that is possible. Range is from minus infinity (-oo) to zero.
control knob
7 E;Ez(k control Adjusts time taken for gate to open after an over-threshold signal. Range is from 0.02ms to 20ms (milliseconds).
8 ;ﬁloebase control Adjusts time taken for gate to close after programme material falls back below threshold. Range is from -0.005s to 2.000s (seconds).
9 Graph Shows the effects of adjusting the gate’s parameters.
10 Meter The gate meter mimics the gate meter at the top of the input channel’s fast strip (see “Input metering”).
. Ifrg:];::gzi/:;ctent The Transient Accenting can be used to increase tonal shaping effectiveness, reduce gated breathing, reduce delay and reduce resonant

Gate only)

howl-round.
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Side chain

You can manipulate the side chain filter from the side chain section (channel strip and GUI). The side chain filter is a swept band pass type, which acts on the dynamics

side chains of the compressor and gate, and covers the full audio spectrum.

Compressor

" ol L

make up

— 1

sl 0 e 15k

Unassigned

000000

=
)
OI EE Bl L,

" 2.8k

Unassjgned

side chain n

Y a
o
~ frbq

Graphs showing the effects of the
three filter Q options, selected via the
WIDTH  button

Side chain controls for the input channels on the control surface and GUI

Item Control Function
1 IN switch Switches the side chain filter into the signal path.
5 freq control knob Adjusts the side chain filter frequency in the range 50Hz to 15kHz. (Visually, this moves the envelope on the
graph left or right.)
Changes the filter Q. There are three options, and the effects of each are shown in the side chain graph (see above). This is
3 WIDTH button only enabled when the side chain filter is switched on.
4 MENU button Opens the Sele_ect Sifle-(hain Spurce window ]‘rom whfch you can sglect the side chain source for the selected input
channel. Pressing this button with the Select Side-Chain Source window open, closes the window.
5 LISTEN/[LSTN] Places the side chain pushbutton onto the channel filter bus, allowing the audio signal to be monitored via headphones.
switch This, effectively, replaces the channel solo audio path with a post-filter (pre-dynamic) signal.
6 Graph Shows the effects of the side chain filter on the signal.
7 Side chain Shows you where the side chain of the compressor/gate is sourced from. If you see the text “Unassigned” here, it means that
source field a source hasn't been assigned.
8 source button Opens the Patching screen, so that you can select the sidechain source.

(EN
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Insert

Input channel insert section provides a send and return out of the signal path, primarily so that an effects device can be added to the signal’s processing. The send
destination and return source may only be set from the GUI screen, although the INS switch can be found on both the GUI and also in each input fast strip. This section
is optional and assigned on a channel-by-channel basis.

e 1

Overview

m1 Micl
signed gl o)

signed _—

S

Insert controls for the input channels on the control surface and GUI

Item Control Function

1 INS switch Fonnects (insert's) returned programme material tg the channel signal path, provided both the
insert send and insert return points haves been assigned.

2 insert return field Shows you the source of the insert return.

3 insert send field Has a drop-down list, which shows the destination(s) of the insert send.

4 assign LED Green LED that illuminates to show that an insert return point is patched.

5 dest button Opens the Patching screen from where you can select the destination of the insert send.

6 source button Opens the Patching screen from where you can select the source of the insert return.
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EQ (E zone) Each input fast strip contains the EQ on/off switch and quick access buttons for
The input channel equaliser (EQ) is a four-band sweep parametric EQ (PEQ) channel and band selection.

that allows tonal control of the input signal via the parametric EQ section, or E The E zone contains all of the PEQ controls, along with a shelving mode selection
zone, in the input channel strip. The four bands are treble, hi-mid, lo-mid and button and another set of band selection buttons.

bass, with an additional three shelving modes available for treble and bass.
Any combination of the four bands can be used to control the signal, although
only one band can be adjusted in the E zone at any time.
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EQ controls for the input channels on the control surface and GUI

Item Element Description
1 EQswitch Switches EQ on/off.
2 LEDs Red/blue EQ on/off status indicators, illuminate when their associated band is contributing to the EQ'd sound.
3 Up/down arrow Band selection buttons, cycle through the bands,
buttons changing selection in the E zone accordingly.
4 gain control knob Adjusts signal gain in the range -16dB to +16dB. On the graph in the EQ processing area (GUI channel strip), causes the envelope to
move up/down.
5 width control Adjusts the signal bandwidth in the range 0.1 Oct to 3.0 Oct. On the graph in the EQ processing area (GUI channel strip), causes the
knob base of the envelope to widen. (Not available for treble and bass shelving modes.)
Adjusts signal frequency. The range is banddependent (see “Main input channel functions” in Appendix B). On the graph in the EQ
6 freq control knob : - . .
processing area (GUI channel strip), this control causes the envelope to move left/right.
7 SHAPE button Changes shelving mode on treble and bass bands. For recommended usage, see Table 18 “Recommended band mode usage”. For a

description of each mode, see “Description of the input channel EQ modes” in Appendix A.

(EN
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In the GUI channel strip, the EQ processing area (shown below) displays all four bands simultaneously and has a graph that shows a colour-coded EQ envelope for each
selected band. Here, you can view the settings of the four bands simultaneously. The GUI also shows the ranges available for each control knob and indicates the active
band, which is distinguished by its cream-coloured background.

8
4
7
bright |
Treble and bass
shelving modes
e bass
G Frrea” o
1 u ** freq 0
7 o ool
12
EQ controls for the input channels in the GUI channel strip. Shows the treble and bass modes, selected via the SHAPE buttons.
Item Element Description
8 Graph Shows the EQ envelope (see “EQ graph” in Appendix K).
9 Bright background Highlighted section indicates active band.
10 lcon Represents the shape of the signal’s envelope. Note how the treble modes point to the left and the bass ones to
theright.
1 Text “OFF” is displayed when the EQ is switched off.
12 EQ button Switches the EQ on/off
13 FLAT button Resets the EQ

The following table illustrates the recommended uses of the treble and bass shelving modes.

Table 18: Recommended band mode usage

Band Mode Best

Treble Bright On single source material

Treble (lassic All-round EQ

Treble Soft For gentle shaping of pre-mixed material
Bass Deep On single source material

Bass Classic All-round EQ

Bass Warm For gentle shaping of pre-mixed material
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EQ graph
This section illustrates the use of the EQ gain, freq and width control knobs.

Gain
Adjusting the gain (gain control knob) changes the height of the envelope.
The envelope ‘flips” about the origin, which is at 0dB.

Frequency
Adjusting the frequency (freq control knob) changes the horizontal position of

the envelope.
Width

Adjusting the bandwidth (width control knob) changes the width of
the envelope.

re.—g [
9
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gain

parametric
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What the graph colours represent

Any combination of EQ envelopes for the four bands can be displayed, and each
one is represented by a different colour.

Green = hi mid

Yellow = lo mid Blue = treble

Red = bass

Mixes

Each input channel can send a variable contribution to each of the 16 aux

buses (aux sends) and up to up to 24 matrix buses (mtx sends). The buses

are controlled in pairs via mix controls that give continuous adjustment (in the
range +6dB to off) of sub group levels sent to matrix mixes. The controls in

the mix section (mix and master bays) include level/pan and level control
knobs for each bus pair, whose function depends on the current bus mode in
operation. When a bus pair is stereo linked, the AFL button (input fast strip only)
is activated; although it is only enabled when you switch it on.

bus sends

ottt ettt St

level / pan

level / pan

Aux and matrix mix buses for the input channels on the control surface and GUI

level / pan

level / pan

(EN
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E N ) Item Control Function
After the bus mix controls have been assigned to a mix pair, these controls offer control of relative contribution levels onto the active

level/pan and . . . " .
/p buses. level/pan operates odd numbered controls, while level operates the even ones. For more information, see Table 19 “Function of
level control knobs ) " ) . .
mix control knobs” shows their combined operation.

2 ON switches Switch bus assignment on/off.
3 PRE buttons Change signals sent to group buses from post-fader to pre-fader. When button is on, signal is pre-fader.
4 AFL switch This after-fade listen stereo switch, only operates on the stereo pan and level style buses and lets the user accurately place the stereo

image on individual output channels.

The mix section — in both the mix and master bays — controls a bank of eight ~ After selecting a bus, control is via one of the following methods:
buses per selected input channel, while, the one in the input fast strips controls
the currently selected channel bus. All will be displayed simultaneously.

Bus type Control

Mono aux/matrix Level from fader; ON and PRE active

In the GUI channel strip, the mix bus (sends) processing area has a similar layout

. . . Stereo aux/matrix Level from fader; pan from main pan; ON and PRE active
to the mix section (mix and master bays).

Stereo aux/matrix Level from fader; pan from main pan; ON and PRE active

However, the input channel overview gives a simultaneous display of the

. . Mono grou Post-main fader; ON active
status of all buses. It displays the levels sent to the buses, shows which are on/off P grotp - E———
and whether they are pre- or post-fader. For details, see diagram below. ereo group ost-main Tader and pan; B active
. . . . Mono mix minus Post-main fader; ON means ‘minussed’ from the bus
Note: Although the ramps in the diagram appear to be pixelated, this is not the case ) — -
Post-main fader and pan; ON means ‘minussed

when these are viewed on the actual GUI. This is because the PRO X GUI incorporates Stereo mix minus
anti-aliasing to ensure its displays are crisp and clear.

from the bus

Once the bus mix controls have been selected, they offer rotary control of relative
contribution levels onto the buses operating as shown in the following table.
Table 19: Function of mix control knobs
level/pan
Bus type control knob fevel contrql Description
functi knob function
unction
Independent left
and right level
adjustments (both
Mono Level Level +6dB to OFF).
With ON and PRE
switching (plus LED
indication).
Pan adjustment
1. Mixbuses are brightly coloured when they are on. Is constant power
. . law at -3 dB. Level
2. Mixbuses are dimmed when they are off. adjustment is
iy . . Stereo Pan Level -
3. Transition point of bus level where solid colour changes to translucent, continuous (+6 dB
indicating 0dB. The level increases from left to right. to OFF). With ON
4. Ramp style indicates sends are post-fader. and PRE switching
- (plus LED indication).
5. Barstyleindicates sends are pre-fader. Both level
oth levels are
Operators sometimes need to access main faders and multiple auxes at the same disabled. 0 dB only
time. The flip’ opFion place§ aux level controls.onto the pan control knobs/faders for group buses, mix
(see Figure 11 “Mix bus navigational controls” in chapter 7). Subgroup | N/A N/A and main buses. With
Desired buses are flipped using quick access buttons and the FLIP button. When ON switching (plus
input faders are flipped the LCD switches all change colour to match bus colour LED indication).

(red/yellow/blue/green) or become inverted text to indicate faders no longer
function in the normal way on the main channel path.

# You can edit the levels on the GUI using drag.
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Master controls, solo/mute and fader

SIS™ setting) and also provides two-way panning for any stereo mix groups,

Towards the bottom of each input fast strip are the masters section and subgroups etc. (When used for monitor applications, aux, mix and main buses
pan control, LCD select button, mute and solo, and the input fader. are controlled from the channel master pan and fader. AFL solos also operate as a

default from the main solo switch.)

Masters sections and pan control

The masters controls have extensive support on both the control surface and the
GUL. In general, there are three routing switches to the master buses and also pan
control. Pan provides master panning as three-way or two-way (depending on

S — L
(R HHTIIIII——

XL !
VLLLLTorrer)me
oo oo oo

mono| vel
SIS irnage

T

Masters and pan controls for the input channels on the control surface

Item Control Function
This spatial imaging system (SIS) switch, enables SIS™ mode. This mode operates with the pan and mono level/SIS image control
. knobs, and acts as an LCR master bus enable, overriding stereo and mono master bus assignments. However, their status remains in
1 SIS switch - . ; -
memory, so that when SIS is disengaged, the mono and stereo settings can return. Pressing SIS alters the gradations of the mono
level/SIS image control knob on the GUI.
2 ST switch This stereo switch connects post-fader channel signal to master stereo bus via pan control.
Adjusts the relative levels sent to a left-right bus pair or the master left-centre-right (LCR) buses. In SIS™ mode, it can also control the
3 pan control knob A .
image’ to give a constant power crossfade from LCR to stereo.
4 MON switch This mono switch connects post-fader channel signal to mono master bus.
mono level/SIS In mono mode, this dual-function control knob acts as a mono level control knob to adjust the mono signal level. In SIS™ mode, it
5 image control becomes a SIS image control knob that modifies pan control knob operation to place the channel within a three-speaker system
knob (see “Stereo panning” in chapter 11).

On the GUI, a masters section — similar to the masters section in the channel strips —is at the bottom of the input channel overview (GUI channel strip). From here,
you can open the masters processing area, which also has a masters section with the same functionality, and in addition has mute and solo buttons, and a fader.

@™ overv N @™ Conso

Input channel overview -
g dirout
z 7]

‘sates

Input channel masters controls on the GUI

For more details, refer to “Stereo panning” in chapter 8 and “Spatial imaging system (SIS™)” in chapter 31.

(EN



EN)

186 PRO X User Manual

LCD select button
The LCD select buttons in the input fast strips are used for input channel navigation and group selection. They also provide useful feedback for the user.

For more information on navigation, see “Navigating the input channels” in Chapter 8.

" oL 2

—

(RN

Mute, solo and safes
This section contains the MUTE and SOLO buttons, and three safe LEDs (mute safe, auto safe and fader safe).

ﬁfr’rrrrr’r S =
i T

Mute, solo and safes for the input channels on the control surface and GUI

Item Control Function
Mutes all post-processing signals exiting the channel. In addition to scene recall, it can also be remotely muted from the

1 MUTE button
auto-mute masters.
Activates signal routing to the monitor A section of the control centre by sending the input channel signal to PFL mono and AFL

2 SOLO button stereo buses. The solo system is auto-cancelling, so that each new solo cancels the last one. Input solos override any active VCA solos.
This button is a latching type. Give a short press to latch it and a long press to self-connect when it is released.

3 B button This solo button (GUI only) changes the operation of the SOLO switch so that it routes signals to the monitor B section of the
control centre.
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Fader (
Each input fast strip has a motorised fader, which is replicated in each input fast strip on the GUI and also in the masters processing area (GUI channel strip). The fader E N
controls the channel signal level and provides instant feedback of level settings.

The fader in the input fast strips of the 12-channel input bay can also provide level control and feedback for aux and matrix bus contributions in flip mode.
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Input channel faders on the control surface and GUI
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Chapter 31: Outputs

This chapter shows you the areas on the control surface that are used to manage
the outputs and also describes their function. There are four type of output:
auxes, returns, matrices and masters.

The structure of this chapter is loosely based on the signal path of the output
channels and also the processing areas, which are opened via the output channel
overview displays in the GUI channel strip.

Output channel areas on the control surface
The mix and master bays house the areas on the control surface pertaining to
the outputs (see diagram below).

The mix bay houses the output fast zone, which contains two banks of output
fast strips. This bay also contains a channel strip, mix (sends) section and
navigation area, which are replicated on the master bay.

The GUI has a similar configuration to the control surface, whereby the GUI screen
in the mix bay has an output fast zone, and both GUI screens have a channel strip.

In general, operation of the outputs is via the mix bay, although this is
configuration dependent.

=

Channel strip Output fast
and mixes zone
(mix bay)

Pan and fader flip’

Channel strip
and mixes
(master bay)

GUI control areas

Areas on the control surface concerned with the output channels
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Output fast strips, channel strips and mix buses
While the output fast strips on the control surface provide only limited control, this is greatly enhanced by the channel strip.
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Outputs on the GUI

On the GUI, the output fast zone (mix bay only) merely provides feedback, such as signal level, solo on/off status etc., whereas the output ‘overview’ displays (for each
output) in the channel strips provide limited control. Detailed control is provided by the processing areas.

Only the Overview GUI screen (default) contains output fast strips (see “GUI” in chapter 3).

Output fast zone (Overview screen)

The lower-right corner of the Overview screen has three rows of output fast strips. Each row displays a bank of eight outputs, of which there are two types
(aux and matrix).
On the GUI, output bank selection is via a column of buttons to the right of both banks, which replicate the ones on the control surface’s mix bay (to right of ouputs).

For details of the contents of each output fast strip, see “Mute, safes, level and solo”.

GUI channel strips

Similarly to the inputs, when an output channel is selected, its ‘overview’ appears in the GUI channel strip, as illustrated in the figures on the following pages.
These overview displays provide limited controls and status information, and give access to processing areas.

The following processing areas are available from ‘overview’ displays in the GUI channel strip.

Channel controls Aux Return Matrix Master

Insert only N/A Yes N/A N/A
Configuration only N/A Yes N/A N/A

Insert and configuration Yes N/A Yes Yes
Compressor Yes N/A Yes Yes

EQ Yes Yes Yes Yes

Buses Yes (matrix only) Yes (matrix only) N/A Yes (matrix only)
Solo, mute, safes and fader only N/A N/A Yes N/A

Masters and solo, mute, safes and fader Yes Yes N/A Yes
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For details of how to navigate the GUI channel strips, see “Navigation via the GUI” in chapter 7.

Compressor
= @™ Consd

aux send overview

Sends and
Configuration

[ @™ Consd

Masters
S @™ Conso

Figure 36: Processing areas available from the aux send overview display

i} — e Consd
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E N ) Compressor EQ
o™ C d X .
‘ ons matrix overview

Insert and
Configuration

e @™ Consd

Unassigned

fader

Figure 37: Processing areas available from the matrix overview display
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Compressor
S ™ Consd

Internal

Insert and
Configuration
B @™ Consd

TwCeft 5]

Unassigned ~

Unassigned

Unassigned

Figure 38: Processing areas available from the master overview display

fader

master overview
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Output metering

Signal level monitoring of the outputs is only available on the GUI via both
default screens, Overview and Meters. These screens have meters, which look
similar to the ones in the input fast strips on the control surface. For more details,
see “Input metering” in chapter 30 and “GUI" in chapter 3.

Talk

There is a talk switch in each output fast strip and also on the output ‘overview’

displays in the GUI channel strip.

If the TALK/[TLK] switch in the talk mic section is active, the talk buttons will
illuminate to prompt the operator to select a bus that the talk signals should be
routed to. These are also used to set up a talk group after pressing one of the

talk/osc routing panel buttons.

" A

S

T—

/m-rn-rnTITITIT

wom'onons miomsman's Homomon's | m
oy Mooty Momomom

oo
ol ol 5l 6l 6l al &l &l ”l
oo

Compressor section

aux send overview

EQ section

dir in

Dynamics and EQ

The control surface has a combined dynamics and EQ section that contains DYN
and EQ on/off buttons, and a listen LED (yellow) that illuminates when listen is
active in the output processing area to show when a channel has its dynamic side
chain soloed.

In the GUI channel strip overview display the aux, matrix and master outputs
each have a compressor section and an EQ section (both are highlighted in the
diagram below). Return outputs only have an EQ section. Clicking within either of
these sections will open their respective processing areas, which are described in
the following subsections.

HHHHH

’
had

parametric EQ

a5

—

B

Figure 39: Dynamics and EQ areas for the output channels on the control surface and GUI
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Compressor (D zone)

For the outputs, the dynamic section (D zone) only has a compressor in the
output channel signal path. As the D zone is also used for the gate on the
input channels, some controls may be redundant.

The output channel compressor has five styles — corrective, adaptive, creative,
vintage and shimmer — which are selectable via the MODE button. Each has

a distinctive appearance in the GUI channel strip. While the dynamic section

is addressing the compressor, all of its controls are enabled except the hold

control knob.

For details of the compressor graph, see “Compressor graph” in chapter 30.
The side chain is similar to the one used for the input channels, see “Side chain”.

ratio/range

L BRRE LR —
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Shimmer L makR R

[compressor
creative

2 S
—_— compressor 3
MooE Y
S .’, . adaptive
g 2

.08 =3 MoDE

-:(‘,’:- release

2 ms z0
attack

w0 33
threshold

9!
[3

Vintage

Creative

Corrective

Compressor sections for the output channels on the control surface and GUI

Item Control Function
1 DYN switch Enables the compressor in the signal path. When switched off, compressor is bypassed. See Figure 39.
To aid set up, the compressor has a side chain listen that sends the side chain onto a solo bus. This side chain listen LED
2 listen LED indicator illuminates to warn you that soloed material is from the side chain, and not the main channel. See Figure 39
in Appendix M.
3 threshold Sets the signal level above which gain reduction starts to be applied. Range is from -50 dBu to +25 dBu.
control knob
comp/gate up/
4 down select These select buttons swap dynamic section control from compressor to gate, and the reverse.
buttons
5 E::):;e up control This compressor gain control compensates for the reduced Joudness of a compressed signal. Range is from 0dB to 24 dB.
6 KNEE switch This compressor control controls how compressor starts to apply gain as the signal goes through the threshold.

For more information, see Table “Compressor graph” in chapter 30 and “Knee” in Appendix A.

(EN
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Item Control Function
rat|9/ range/ This compressor control adjusts the amount of compression applied to signals above threshold.

7 [ratio] control . P ) . . .
knob Range is from infinity (eo) to 1:1. When set to maximum (1:1), sets compressor to limiter mode.

8 attack control This compressor control adjusts the time it takes the compressor to respond after an over-threshold signal. Range is from
knob 0.2ms to 20ms (milliseconds).

9 MODE switch Selects compressor mode from the five compressor types available (see “PRO Series compressor modes (dynamic)” in

Appendix A).

10 release control This compressor control adjusts the time it takes the compressor to recover after programme material falls back below
knob threshold. Range is from 0.05s to 3.00s (seconds).

n Meter Compressor ‘gain reduction’ meter.

EQ (E zone)

For tonal control of the aux, matrix and master output signals, the output
channel EQ has the option of a six-band sweep parametric EQ (PEQ) or an
assignable graphic EQ (GEQ).

PEQ

The parametric EQ section (E zone) of the channel strip (mix and master bays)
allows tonal control of the input signal. The E zone contains all of the PEQ
controls, along with a shelving mode selection button and another set of band
selection buttons.

All of the outputs, except returns, have six-band PEQs. Two of the six bands have
three shelving modes each, while another has just one. Any combination of

the six bands can be used to control the signal, although only one band can be
adjusted in the E zone at any time. However, the EQ processing area (GUI channel
strip) displays four bands at any time, and also has navigational controls.

The returns have a four-band PEQ, which is similar to that used on the inputs.
For information, see “EQ (E zone)” in chapter 30.

freq

e gain
Wiﬂth parametric |

freq

band 4|

; 6 gain
Wi'ﬂth parametric |

band 3|

640
100 ak
dulml 10k
16 25k
: 2 0
10

gain
parametric |

band 2

PEQ sections for the output channels on the control surface and GUI
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Item Control Function ( E N
These are band navigation buttons (see “Navigating the PEQ output bands” in Appendix M). They are also used in
1 Up/down buttons |  conjunction with the blue adjacent LEDs to show which band is currently selected. llluminated up arrow means that band 5 is
selected, and illuminated down arrow means that band 2 is selected.
5 LEDs These four blue LEDs illuminate to show the current band selection. Use_d in conjunction with the up and down buttons,
they show — from the bottom LED upwards — when band 1, 3, 4 or 6 is selected.
3 gain control Adjusts signal gain in the range -16dB to +16dB. On the graph in the EQ processing area (GUI channel strip), causes the
Vknob envelope to move up/down, inverting as it passes the origin.
4 width control Adjusts the signal bandwidth in the range 0.1 Oct to 3.0 Oct. On the graph in the EQ processing area (GUI channel strip),
knob causes the base of the envelope to widen. (Not available for shelving modes.)
5 freq control knob Adjusts signal frequency. The range is bgnd- dependent (see “Main input chanpel functions” in Appendix B). On the graph in
the EQ processing area (GUI channel strip), causes the envelope to move left/right.
6 SHAPE button EE:QE:: Etgtins:gl\glnﬁ] rxgs: I:)(;ll ;r:'ble and bass bands. For a description of each mode, see “Description of the output
7 Shelving symbol Diagrammatic representation of the shelving envelope.
8 Graph EQ envelope graph (see “EQ graph”). When “OFF” is displayed, EQ is switched off.
GEQ 4. (lick a non-control area of the GEQ image (shown below ) to open the
The GEQ is similar to the ones found in the Graphic EQs screen and can also be GEQ window.

operated using the assignable controls. For information, see Chapter 15 “Graphic
Equaliser (GEQ)".

| Overview

Asl AuxS1

* Overview

>> To close the GEQ window
In the GEQ window, click CLOSE.

>> To open the GEQ window
1. Select the output. Its ‘overview’ display will appear in the channel strip.

2. Inthe GUI channel strip, open the EQ processing area (see “To select a
processing area” in chapter 7).

3. (lick GEQ. in the processing area.

Overview
As1 AUXS1

100 §%0 ok
¢
sonf ! Jarok
16 * 25K
o
5

freq.

B

e
| width parametric
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Navigating the PEQ output bands

You can change band selection by clicking the UP/DOWN buttons in the EQ
processing area. This will change selection by one band at a time.

"' Overview
Asl AuxS1

100 o

"
400 o 10k
16 * 25k
frea. o Yellow rectangle

shows which four
bands are currently
displayed. Bands are
shown in descending
order from top to
bottom (Band 6 is

top).

&

L 3
a Ok .@:
o L 16 16
al 3 gain
width

parametric |

band 3|
A

Band navigation
buttons

SHAFE

12
Mute, solo and fader 13
processing area

10

R\

EQ graph
The controls in the output EQ sections, that is, the EQ gain, freq and width

control knobs, have a similar functionality to the ones in the input EQ sections.
For details, see “EQ graph” in chapter 30.

Green (Band 4)
Yellow (Band 3)

Magenta (Band 6)
Blue (Band 5)
Orange (Band 2)
Red (Band 1)

Mute, safes, level and solo

Each output fast strip (control surface and GUI) has controls for muting, soloing,
safes and output signal level control. This is supported on the GUl in the
appropriate processing area. In addition, the channel strips (control surface and
GUI) have the full complement of safes.

GUI output fast strip

LRI

GUI channel strip

input channel safes

EQ

Mute, safes, level and solo areas for the output channels on the control surface and GUI
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Item Control Function
1 MUTE switch Mutes all post-processing signals leaving the channel. (In addition to scene recall, muting can be remote from the auto-
mute masters.)
2 LEDs These safe LEDs illuminate when their associated safe is on.
3 II:1‘(’)T)I control Adjusts the output signal level. In the masters section (master bay), this is a fader.
4 SOLO switch Activates signal routing to the monitor A section of the control centre.
5 ;Avﬁz? /IFDR] Switches fader safe on, so that the fader is removed from scene recall.
6 gNl::‘ci/[MTE] Switches mute safe on, so that mute is removed from the scene recall and auto-mute action.
AUTO/[AUT] Switches auto safe on, so that the channel is removed from scene recall (this does not affect the action of the auto-mutes
7 : i
switch and VCA control groups) and control is removed from VCA control group faders.
8 Fader Adjusts output signal level. Has the same function as the level control knob (see item 3).
9 B switch (GUI This solo B switch changes the operation of the SOLO switch so that it routes signals to the Monitor B section of the
only) control centre.
10 Meter Output signal level meter.
n BEd. on/off [lluminates when mute is on.
indicator
12 .Blu.e on/off [lluminates when solo B is on.
indicator
13 Yelllow on/off [lluminates when solo on.
indicator

Output channel configuration controls

There are a number of output channel controls that are loosely termed ‘channel configuration’ controls. The following table shows the configuration controls available

on each output and references the pertinent section within this chapter.

Table 20: Output channel configuration controls

Channel controls Aux Return Matrix Master
Output channel ID Yes Yes Yes Yes
Output channel source/destination Destination Source Destination Destination
Stereo linking Yes Yes Yes Yes
Gain swap N/A Yes N/A N/A
Mix Yes N/A N/A N/A
Input mode N/A Yes N/A N/A
Link fader N/A N/A Yes N/A
Bus trim Yes N/A Yes Yes
Directinput Yes N/A Yes Yes
::fiei‘a(:i%r)dynamlcs’ e automute Allsix (excludFiIr\lls %ryr):amics) Allsix Allsix
Insert Yes giﬁc(:snsi;egp:::;? Yes Yes
Delay Yes N/A Yes Yes
Processing order Yes N/A Yes Yes
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Output channel ID (GUI only)

You can change the channel name in the GUI channel strip. This can be done in
the output channel overview or in any of the processing areas.

|

To change the background colour of the output channel name field (green in the
example shown) and/or the channel name, open the Output Channels Sheet
screen of the GUI menu.

>> To change the channel name in the GUI channel strip

Click within the channel name field and type in the new channel name
(see “Text editing” in chapter 6).

Output channel source/destination (GUI only)

The channel’s destination is shown in the text field of the configuration
processing area. If no destination has been selected, it will contain the text
“Unassigned” (as shown right). You can select the destination for this channel by
clicking dest, which opens the Patching screen (see Chapter 8 “Patching”).

For routing information, see Table 25 “Navigating to the Patching screen” in
Appendix J.

Unassigned

)feueed

By clicking the recorder button (returns only) you can set the input source
to tape returns.

Stereo linking (GUI only)

The linking section of the configuration processing area has a LINK switch for
linking the selected output channel to the adjacent (higher numbered)

output channel. The LINK OPT. button opens a Stereo Linking Options
window from where you can select the linked parameters. For more information,
see Chapter 10 “Stereo Linking”.

Gain swap (GUl only)

Only return has the gain swap facility. Clicking GAIN SWAP swaps from remote
(stage box) gain to digital trim (console gain), and vice versa. For more
information, see “Mic amp input gain (preliminary input processing)”

in chapter 30.
= [ 2

Mix mode (GUI only)

The mix section (aux only) has a MODE button for scrolling through the three mix
modes, that is, mix, mix minus and group.

NK

Input mode (GUI only)

The button in the input mode section (return only) time aligns the return
channel with the input channels.

e —

Fader linking (GUIl only)

The link fader section in the Config processing area (matrix only) has ST and
MON buttons for linking the matrix channel fader to the stereo or to the mono
master faders, respectively. Control of the stereo master faders reverts to the
highest fader.

link fader

Bus trim (GUI only)

The bus trim section (all output channels except return) has a control for fine
adjustment of the gain. Range is from -12 dB to +6 dB.

j |bus trim

Direct input (GUI only)

The direct input section (all output channels except return) provides an internal
connection to effects etc. or an external input into the output from an effect or
line 1/0 unit. It lets you take a signal directly out of a defined point in the input
channel’s signal path and route it to either an internal assignable effect or to one
of the physical outputs (a physical connection at one of the line I/0 boxes).

This function is optional and assigned on a channel-by-channel basis.

direct input
18 [ J
l!

12 o

9

H (=g
(1]

s ' i
-

=5

This section is deliberately distanced from main channel panel controls because it
is a limited resource and unused on many channels.

Selection of signal path source can only be carried out via the GUI.

This section has similar functionality to the direct output section on each input
channel, see “Direct input (GUI only)”.

For routing information, see Table 25 “Navigating to the Patching screen”
in Appendix J.
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Safes

Each output channel (except return) has six types of output channel safes that
each each protects a specific control/area from the automation system.

The safes on the return channel are input channel types, of which there are only
five available (there is no dynamics).

You can only operate the safe switches via the channel strips (control surface
and GUI), which also provide on/off status information. The status of some of
the safes is displayed via LEDs in the output fast strips and master strips on the
control surface.

For more information on what areas are protected by each safe, see Appendix M
“Parameters Protected By Safes”.

Insert (GUI only)

You can configure the send and return points of the aux, matrix and master
outputs in the insert section of the configuration processing area. The returns
have a separa te insert processing area, which has the same function.

Unassigned

Unassigned

For routing information, see Table 25 “Navigating to the Patching screen”
in Appendix J.

Output channel delay (GUI only)

Similarly to the input channels, all of the output channels (except returns) have a
delay that can be incorporated into the signal path. However, this can be a much
larger delay, being in the range Oms to 500ms (milliseconds). For details,

see “Input channel delay (GUI only)” in chapter 30.

Processing order

Similarly to the input channels, you can change the processing order on all
of the output channels (except returns). For details, see “Processing order”
in chapter 30.

Mixes

Each of the aux, return and master output channels can send a variable
contribution to the mixes on each of the matrix buses. The buses are controlled
in pairs via mix controls that give continuous adjustment (in the range +6 dB
to off) of sub group levels sent to matrix mixes. The controls in the mix
section (mix and master bays) include level/pan and level control knobs for
each bus pair, whose function (auxes only) depends on the current bus mode
in operation.

The mixes on the outputs are similar in functionality to inputs, except there is no
after fader listen. For details, see “Mixes” in chapter 30.

Masters

For each output, the masters section (channel strip of the mix and master bays)
functions in the same way as for the inputs (see “Master controls, solo/mute and
fader” in chapter 30). The same also applies to fader (see “Fader”).

(EN
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Chapter 32: GUI Menu

The GUI is a very powerful multi-functional tool that forms the core of the

PRO X Control Centre. It gives you total control and monitoring of the operating
environment, enhances control surface operation (you can even operate the
PRO Series by GUI-only) and allows the use of internal and external devices.

To facilitate this the GUl incorporates a simple-to-use GUI menu.

The GUI menu presents you with a list of options from which to choose,
depending on your requirement. The following lists some of the functions that
the GUI menu provides:

« Configuration Configure the routing, associations and the names and
colours of channels, groups, graphic EQs and internal effects, set up for
multi-console operation, set up the connected devices etc.

» Navigation Select the channels, buses and groups you want, go quickly to a
GUI screen display, go to recently opened screens, move through the scenes
ina show and go to the patching screens you want.

o Management Manage show files (internal and external), automation and
the monitoring system.

o Userand operating preferences Adjust GUI screen brightness and
contrast, select delay compensation, select fader flip etc.

o Shutdown sequence Shut down the control centre properly.

o Upgrading the software Install the very latest version (or any previous
version) of PRO X software.

For details of how to use the GUI menu, see “Using the GUI menu” in chapter 6.

Elements of the GUI menu
This section explains the elements that comprise the GUI menu.

Default

il Input Channels
~  Mix & Outputs

Control Groups

===1 Rack Units

?Q Automation

?{} Preset Manager

|— Assignable Controls

Console Overview

« Information View current software information. 4
o Overcoming a faulty GUI screen Should a GUI screen fail, you can re-map 6
itto a different bay. ;
o Security Lock the screens to prevent unauthorised access. >
Item Element
1 A graphic that represents the function of its associated option.
2 Option name.
3 When you move the screen cursor over an option its background will change to blue to let you know that it will be selected if
you click on it.
4 Aright-pointing arrow at the right of an option name shows that the option has a submenu.
5 GUI'main menu.
6 Submenus.
7 The background colour of each input and output channel, mix, group etc., will match its user-configured colour.
(The ones in the diagram show the default colour, which is green.)
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GUI menu flowchart

The GUI menu for each type of PRO Series Control Centre (and available submenus) are shown in the following figures. Icons to the left of the options help to identify @

the option type and aid navigation.

3l Input Channels
Mix & Outputs

Control Groups

?0 Automation

?0 Preset Manager

[Z]zl[0]%]
vealoveato KM

Meonitors

Assignable Controls

Patching

Overview

Console Overview

Preferences

Figure 42: PRO X GUI menu flowchart
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Input Channels
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GUI menu options

The GUI menu, which can be opened from either GUI screen, presents you with
amain list of options that open specific screens or submenus, as shown in the

following table.

Option Description/function
Default Opens the default display applicable to the GUI screen you are operating (see “GUI” in chapter 3). If the GUI screen has been mapped
to the other bay, its default screen will match that bay (see “Mapping a GUI screen to another bay” in Appendix G).
Files Opens the Files screen (see “Managing show files on the Files screen” in chapter 20).
Input Channels Input channel option, which opens a submenu with the following options:
o Input Sheet — lets you configure all of the input channels (see “Configuring the channels, groups and internal units”
in chapter 27).
o 1-8through to 737-144 (depending on PRO Series Control Centre) — click one to open its associated bank of inputs, or its
submenu. Each submenu contains the eight inputs belonging to its bank; click on one to select its channel.
Mix & Qutputs Output channel option, which opens a submenu with the following options:
o Output Sheet — lets you configure the output channels (see “Configuring the channels, groups and internal units”
in chapter 27).
o Output channel options — click one to open the associated bank of outputs (returns, auxes, matrices or masters), or open
the submenu. Each submenu contains the outputs belonging to its bank; click on one to select its channel.
Control Groups Control groups (VCA/POP, auto-mute and talk) option, which opens a submenu with the following options:
o Group Sheet — lets you configure each group (see “Configuring the channels, groups and internal units” in chapter 27).
o VCAGroups — click to open the VCA Groups screen, or open the submenu, which contains an option each for the 10 VCA
groups and eight POP groups; click on one to select its group. See “VCA and POP groups” in chapter 17.
o Mute Groups — click to open the Mute Groups screen (see “Auto-mute (mute) groups” in chapter 17).
o Talk Groups — click to open the Talk Groups screen (see “Talk groups” in chapter 17).
Rack Units Internal units option, which opens a submenu with the following options:
o Effects Sheet — lets you configure each 'virtual’ GEQ and internal effect rack unit (see “Configuring the channels, groups and
internal units” in chapter 27).
o Graphic EQs — opens the Graphic EQs screen (see “About the Graphic EQs screen” in chapter 15).
o Effects — opens the Effects screen (see “Overview of the internal effects” in chapter 16).
Automation Automation option, which opens a submenu with the following options:
o Automation — opens the Automation screen (see Chapter 20 “Scenes And Shows (Automation)”).
o Show Editor — opens the Show Editor screen (see “Show editor” in chapter 9).
o (rossfade Groups — opens the Crossfade Groups screen.
o Hardware Safe — opens the Hardware Safe screen.
o Store Scope — opens the Store Scope screen (see “About the Recall Scope screen” in chapter 21).
o Recall Scope — opens the Recall Scope screen (see “About the Recall Scope screen” in chapter 21).
Preset Manager Opens the Preset Manager screen (see Chapter 24 “User Libraries (Presets)”).
Monitors Opens the Monitors screen (see Chapter 14 “Monitors And Communications”).
Assignable Controls |  Opens the Diagnostics screen (see “Diagnostics” in Appendix G).
Patching Opens the Patching screen (see Chapter 8 “Patching”).
Overview Opens the Overview Screen
Console Overview Opens the Console Overview screen
Preferences Preferences option, which opens a submenu with the following options:
o General — opens the Preferences screen (see Chapter 27 “Changing The User Settings”).
o Admin — opens the administrator’s window. This is a supervisor-only function, which is accessed by typing in a password.
o Licensing — contact Midas for more information.
o Upgrade — opens a list of TAR files from which to choose when updating the PRO X Live Audio System’s software
(see “Updating your system” in Appendix H).
Lock Locks the GUI (see “Security (locking mode)” in chapter 9).

You can access some of the screens directly from the primary navigation zone
(see “To open a GUI menu screen using a screen access button” in chapter 6).
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Appendices

Appendix A: Application Notes

This chapter provides more in-depth information on certain areas and functions of the PRO X.

Spatial imaging system (SIS™)
Although conventional consoles can be used for three-channel mixing, the methods for doing so are complicated and unorthodox. This forces the engineer to work

in unaccustomed ways, limiting creative flexibility, and making use by visiting operators impractical. The spatial imaging system (SIS™) has been developed to
overcome this.

The following are just some of the advantages provided by SIS™:
Backing vocalists can be panned slightly towards the centre cluster to improve intelligibility, while keeping the featured vocal ‘front and centre’.
o Musical instruments can be placed in a conventional mix and then easily switched to the centre for solos.

« Intheatrical productions, SIS™ lets you pan an actor’s voice across three channels, following their on stage movements. In stereo-only productions the centre
output can be used to provide a mono-to-mix-base feed activating a single ‘left + right to centre’ switch.

o Theability of SIS™ to feed centre-panned signals equally to both left and right outputs, as well as the centre, is particularly useful for distributing the load of high
energy, centre-panned sounds across all FOH loudspeaker arrays.

PRO X compressor modes (dynamic)
This section aims to provide an understanding of the compressor modes contained within the PRO X Control Centre.

Description

The PRO X compressors have five primary operating modes (only four on the inputs). These change the signature (or shape) of the attack and release envelope curves,
interactions and timings. Before dealing with this in detail, some of the generic terms are defined and explained:

Threshold

The threshold adjusts the operating point of the compressor. Signals that go over this point, or over-threshold, will be affected by compressor action. Signals that stay
below threshold will not trigger any compression, although they may still be affected by compression releases from previous over-threshold signals.

Ratio

The compression ratio control provides control of the amount of compression that is applied to over-threshold signals. This is expressed as a ratio of signal level
changes from input to output. For example, when the compressor is set to 2:1, every 2dB input level change will only generate a 1dB output level change (assuming
the signal levels are over-threshold).

Attack

The attack control adjusts the time taken for the compressor to respond to an over-threshold signal. The shape of the attack can be selected from one of the five mode
combinations mentioned above, making the compressor easily adaptable for a wide number of creative and corrective applications.

Release

The release control adjusts the time the compressor takes to recover after the programme material falls back below threshold. Both attack and release also respond
to changes in programme level that remain over-threshold. For example, a signal that reduces in level, but remains above threshold will still trigger a release, but in
this case it will only be a partial release. This is because the compressor will still be required to generate gain reduction, but now, as appropriate for the new lower
signal level.

Knee

Most compression sounds more natural in soft knee mode. Soft knee compression blurs the distinction between over-threshold and under-threshold signals, such
that signals that are a long way below threshold remain unaffected by compression, and signals that near the threshold get compressed, but at greatly reduced ratios.
When signals are just over-threshold the compressor ratios are still somewhat reduced; it is only when signals go well over threshold that the full ratio compression

is applied. When using a harder knee setting the compressors operate in a more clinical way with a more defined transition between under-threshold and over-
threshold; this is better suited to limiting style compression.

Gain
The gain control provides adjustment of the make up gain so that the level of the outgoing compressed signal can be matched to the incoming uncompressed signal. It
can also be used to drive the clipper hard (see “Soft clip level”) to produce more pronounced effects.

Side chain filter

A band pass filter is provided that acts on the side chain signals. This can be used to make the compression frequency selective. The controls for this are frequency,
adjustable from 50Hz to 15kHz, and bandwidth selectable as wide medium or narrow. Additionally, there is a listen function that places the filtered side chain onto the
solo bus and a side chain filter in to activate or eliminate the filter action.
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Soft clip level

When compression is used creatively with slower attack times, it is possible to generate very large peak signals that can eat up headroom. When soft clip is activated
the compressor output (post-make up gain) is fed through a final fast acting soft clipper circuit. This adds progressive gain reduction to any signals that exceed a
threshold set by the clip level control. When set sparingly, this can recover 3dB to 6dB of headroom without introducing any undesirable audio artefacts. (In the
past, limiters have been employed for this function but their time constants are invariably intrusive on the programme.) The high-speed nature of the soft clipping
introduces no time related artefacts. This is because it only acts during the transient peaks, when it produces predominantly third harmonic distortion, which is very
musical in nature.

Presence
Presence boosts the upper mid-range frequencies to give added depth to the sounds of voices and instruments with similar tonal ranges.

Compressor envelope modes

The five envelope modes, or signatures, are the key to the sonic character of the PRO X compressors, and they allow adjustment far beyond the normal capabilities of
simple attack and release settings. They largely fall into two application types:

1. Compressors that are good at capturing and controlling dynamic transients: corrective mode and vintage mode.
2. Compressors that emphasise dynamic transients and provide creative control of levels within a mix: adaptive, creative and shimmer modes.

The Vintage and Adaptive compressors tend to morph a little between these two categories depending on threshold control settings. This makes them easy to use
intuitively with minimal fine-tuning of the envelope control settings.

Further refinement and enhancement of the envelope modes is provided by the threeposition KNEE switch. It is best to understand the operation of this function in
more depth before looking at the detail of the compressor signature switching.

Knee

The soft knee curves behave in a traditional way to blend the compression ratio around the threshold setting (as described above), but more importantly they also
have a significant effect on the attack envelope shapes. The soft knee typically slows down attack speed on signals in the knee area, which is desirable for natural
sounding compression because it compliments the reduced ratio effect of the soft knee. This produces very gentle compression in the knee region.

The KNEE switch has three settings: hard (4 dB); medium (12 dB); and soft (40 dB). In hard setting the compressor still retains some soft knee characteristics. This is
because the implementation of an extremely hard knee produces undesirable sounding distortion on low frequency programme material.

Corrective mode (exponential peak - fast)

This is a peak sensing compressor (like many older designs) with exponential attack and release. It produces aggressive compression that gives good fast control/
limiting of dynamic material. It can be used to add colour to low frequency signals, thus making it ideal for controlling extremely dynamic instruments like the bass
guitar. The compressor tends to sound best with fast attack time settings that capture transients and with release adjusted to taste to either emphasise or minimise
distortion and pumping effects.

Adaptive mode (exponential RMS - accurate)

This is a root-mean-square (RMS) sensing compressor with exponential attack and release. The RMS averaging process interacts with the attack and release to produce
a very adaptive envelope character. This allows faster attacks on large (over-threshold) signal changes and produces slower attacks on small signal changes, regardless
of attack time setting. The attack control is still active, allowing some user intervention although the adaptive nature makes envelope control setting fairly non-
critical. The compressor is therefore very fast and simple to set up on most programme material. It is also sonically accurate and works well for both compression and
limiting of vocals and many other sources. The most natural sounding compression is normally achieved with soft knee settings.

Creative mode (linear peak - slow)

This is a peak sensing compressor with linear (dB rate) attack and second order release. The compressor is very transparent, providing some dynamic control but
without unduly affecting the intentional dynamic content of the source material. The linear attack provides a constant rate of attack, such that large changes in
programme signal level take longer to become compressed than smaller changes. Adding soft knee noticeably delays these attacks, which can be particularly useful
on drums where compression can be applied to emphasise transients giving more punch while retaining a good deal of artistic dynamic from the drummer.

The compressor normally sounds best with slower attack time settings, when it can be used on difficult instruments, such as the acoustic guitar, with relatively fast
release to keep equal perceived loudness within a mix without producing excessive flutter or distortion.

Vintage mode (adaptive peak - bright)

This is a peak sensing compressor with a partially adaptive nature. It produces extremely subtle attack and release curves during the onset of compression that are
largely independent of the envelope control settings. However, as it is driven harder, that is, signals are further over-threshold, the attack and release times become
more aggressive and gradually return to manual control so that the operator can optimise the capture (or otherwise) of larger transients etc. The peak sensing
algorithm intentionally increases harmonic overtones during compression, which adds a valve-like brightness and sparkle to the programme, producing extremely
natural and lively sounding compression of acoustic instruments.

Shimmer mode (overshoot peak - slow) - output only

This is a peak sensing compressor with an exponential release and unusual second order attack character that tends to overshoot. If used sparingly, the compressor
sounds very soft and natural, and can provide additional control of material that already has a fairly low dynamic content. It can sound very transparent on vocals
where it retains a good degree of life in the performance. If used at higher ratios with slow attack and fast release times, the compressor can produce a very soft,
bouncy sound character.
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PRO X input channel EQ modes

This section aims to provide an understanding of the input channel EQ modes contained within the PRO X Control Centre.

Basic specification

The PRO Xinput EQ comprises four bands: treble; hi mid; lo mid; and bass. The default operation for all four sections is full parametric sweep (peak), with the
following controls:

« Gain: continuous adjustment of boost and cut from + 16 dB to - 16 dB with a 0 dB centre detent.
o Width: continuous adjustment of bandwidth from 0.1 to 3.0 octaves (this only operates in bell mode for Bass and Treble).
« Treble: continuous adjustment of the frequency range that the treble equaliser acts on from 1kHz to 25 kHz.

« Himid and lo mid: hi mid frequency control gives continuous adjustment of the frequency range that the hi mid equaliser acts on from 320Hz to 8kHz. Lo mid
frequency control gives continuous adjustment of the frequency range that the lo mid equaliser acts on from 80Hz to 2kHz.

Bass: continuous adjustment of the frequency range that the bass equaliser acts on from 16Hz to 400Hz.
The treble EQ band can be switched from bell to any of three other shelving modes:

o Soft

o C(lassic

o Bright

The bass EQ band can be switched from bell to any of three other shelving modes:
o Warm

o (lassic

o Deep

Description of the input channel EQ modes

The difference between the shelf filters is subtle and, if you do not have time to experiment, it is probably best to use classic because this is the best all round filter.
However, when you do have time to experiment you may find the other types each have their uses. The minimum harmonic types, and in particular the bass, can
sound very natural, even with very aggressive EQ, but the psycho-acoustic principles that they operate on do not always work so well on multiple source or pre-mixed
material.

Softtreble

The soft treble response provides a very gentle gradient between EQ'd and non-EQ'd frequency areas. This produces the absolute minimum of phase shift, but does
not provide much differentiation, thus frequencies outside the area of interest are often unintentionally EQ'd. This is best used to provide gentle shaping of pre-mixed
material.

Classictreble

The classic treble response provides a much steeper gradient between EQ'd and non-EQ'd frequency areas, as made famous by previous MIDAS consoles like the XL4.
This provides better differentiation and minimal phase shift, but there is some undershoot error, that is, when boosting the treble, the mids are slightly cut and vice
versa. This is the best all round EQ and especially effective when microphones are covering multiple sources.

Bright treble

The bright treble response provides a slightly steeper gradient than the classic and it is uniquely shaped to provide minimum harmonic disruption to the EQ'd material.

As for the classic EQ, this provides better differentiation and minimal phase shift, but now there is no undershoot error corrupting the mids. This is best used on single
source material and especially good for acoustic performances.

Warm bass

The warm bass response provides a very gentle gradient between EQ'd and non-EQ'd frequency areas. This produces the absolute minimum of phase shift, but does
not provide much differentiation, thus frequencies outside the area of interest are often unintentionally EQ'd. This is best used to provide gentle shaping of pre
mixed material.

Classic bass

The classic bass response provides a much steeper gradient between EQ'd and non-EQ'd frequency areas and is modelled on the XL4. This provides better
differentiation and minimal phase shift, but there is some undershoot error, that is, when boosting the bass, the mids are slightly cut and vice versa. This is often
desirable on bass EQ and it is the best all round, general purpose EQ curvature.

Deep bass

The deep bass response provides a slightly steeper gradient than the classic and it is uniquely shaped to provide minimum harmonic disruption to the EQ'd material.
As for the classic EQ, this provides better differentiation and minimal phase shift, but there is no undershoot error. Powerful boost/cut can be used that still sounds
very natural and does not corrupt the mids. This is best used on single source material.

(EN
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PRO X output channel EQ modes

This section aims to provide an understanding of the output channel EQ modes contained within the PRO X Control Centre.

Basic specification

The PRO X output EQ comprises six bands strategically positioned at certain frequencies ranging from the low end (bass) to the high (treble) of the frequency band.
The default operation for all six sections is full parametric sweep (peak), with the following controls:

« Gain: continuous adjustment of boost and cut from + 16 dB to -16 dB, with a 0 dB centre detent.
o Width: continuous adjustment of bandwidth from 0.1 to 3.0 octaves.

» Frequency: continuous adjustment of the frequency range that the band EQ acts on from 16 Hz to 25 kHz.
Band 1 can be switched from bell to any of three shelving modes:

o« Warm

« High pass filter 6 dB

o High pass filter 12 dB

Band 2 can be switched from bell to high pass filter 24 dB shelving mode.

Band 6 can be switched from bell to any of three shelving modes:

o Soft

o Lopassfilter6dB

o Lopassfilter 12dB

Description of the output channel EQ modes

Soft (treble)

The soft treble response provides a very gentle gradient between EQ'd and non-EQ'd frequency areas. This produces the absolute minimum of phase shift, but
does not provide much differentiation, thus frequencies outside the area of interest are often unintentionally EQd. This is best used to provide gentle shaping of
pre-mixed material.

Warm (bass)

The warm bass response provides a very gentle gradient between EQ'd and non-EQ'd frequency areas. This produces the absolute minimum of phase shift, but
does not provide much differentiation, thus frequencies outside the area of interest are often unintentionally EQ'd. This is best used to provide gentle shaping of
pre-mixed material.

High pass filter (HPF)

The HPF attenuates (not boosts) all frequencies below a certain level (cut-off frequency) while allowing all those above it to pass through. The harshness or
smoothness with which the sound is removed beyond this point is determined by the dB/octave, with 6 dB being the most common. The HPF is generally used to take
rumble or hum out of any sound source, but may also produce a sound effect by manipulation of the controls.

The high pass filters of the PRO Series have gain roll off before the corner frequency, which is variable.

Lo pass filter (LPF)

The LPF attenuates (not boosts) all frequencies above a certain level (cut-off frequency), while allowing all those below it to pass through. The harshness or
smoothness with which the sound is removed beyond this point is determined by the dB/octave, with 6dB being the most common. The LPF is generally used to reduce
noise in quiet passages or to take the fizz off any source with excessively high frequencies, but may also produce a sound effect by manipulation of the controls.

The low pass filters of the PRO Series have gain roll off after the corner frequency, which is variable.
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Appendix B: Technical Specification

This appendix provides the full technical specification for the PRO X Live Audio Systems, which includes the DL251 Audio System /0,

DL351 Modular 1/0, Neutron DSP Engine and DL451 Modular 1/0, and the optional DL431 Mic Splitter. Due to a policy of continual
improvement, MIDAS reserves the right to alter the function or specification at any time without notice.

PRO X general statistics

Item

Item

Configurable XLR connections

1x Control Surface 1/0 box houses
24 x1/0 slots in 3 x 8 wide blocks of:
8 X (XLR) mic/line inputs or

8 x (XLR) line outputs or

8 x (Jack) line in and 8 x line out or
4x (stereo) AES3 inand 4 x (stereo)
AES3 out

1x7U rack DL351 Modular I/0 box
houses 64 x 1/0 slots in 8 x 8 wide
blocks of:

8 x (XLR) mic/line inputs or

8 x (XLR) line outputs or

8 x (Jack) linein and 8 x line out or
4x (stereo) AES3 in and 4 x (stereo)
AES3 out

1x3U rack configurable DL451
Modular 1/0 box houses 24 x 1/0 slots
in 3 x 8 wide blocks of:

8 x (XLR) mic/line inputs or

8 x (XLR) line outputs or

8 x (Jack) linein and 8 x line out or
4x (stereo) AES3 in and 4 x (stereo)
AES3 out

Fixed XLR connections

1x5U rack fixed configuration DL251 Audio System 1/0
box houses 48 (XLR) mic/line inputs

Typical configuration
(assuming all analogue I/0)

144 x1/0 Box mic/line inputs (XLR)

8 x Surface mic/line auxiliary inputs

168 x Total micinput count

8 x (XLR) I/0 box master/matrix outputs
8 x (Jack) Surface aux/group outputs

8 x (Jack) Surface assignable inputs

8 x (Jack) Surface assignable outputs

1x (XLR) Surface stereo master output

2 x (XLR) Surface stereo monitor outputs

o~~~ o~ — —

System expansion (optional rack boxes)

Multiple 3U rack configurable I/0
boxes can be connected that house
24 x1/0 slots in 8 x 8 wide blocks of:
8 x (XLR) mic/line inputs or

8 x (XLR) line outputs or

8 x (Jack) linein and 8 x line out

4x (stereo) AES3 in and 4 x (stereo)
AES3 out

Multiple 5U rack fixed configuration
1/0 boxes that house:

48 x (XLR) mic/line inputs

16 x (XLR) outputs

Multiple 6U rack Splitters house

96 x Splitter mic/line inputs

2x 96 Splitter outputs

1x 96 transformer isolated Splitter outputs
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Item

Item

Input audio processing

Dual slope high and low pass filters
4-band parametric EQs (includes 8 returns)
with 3 shelf modes

4-mode creative input compressors

Input gates

Mix/output audio processing

Output 5-band parametric EQ with

shelf and multiple high and low pass modes
5-mode creative output dynamics
Assignable KLARK TEKNIK output GEQs

Assignable audio processing

8 x assignable stereo effects

(each can be reconfigured to generate
4 additional GEQs, making a total of
36 available on the control centre)

Mixing control assistance

8 x auto-mutes

6 x surface population groups

10 x VCA faders

10 x VCA associated population groups
1000-scene snapshot automation

Resilience

N-+1 and fault tolerant modular
system with dual redundant system
interconnections

PRO X general specifications

Sampling frequency 96 kHz

Latency delay <2ms input to master (no compensation)

Dynamic range 106 dB, 22 Hz to 22 kHz (no pre-emphasis)

Moximmoltagegain g L

Crosstalk at TkHz -100 dB physically adjacent input channels

Crosstalk at 10kHz -90 dB physically adjacent input channels

Fader/pan cut off at 1kHz -100dB

Fader/pan cut off at 10kHz -100dB

Display screens 2x 15" daylight-viewable colour screens

LCD switch 59 x RGB colour

Motorised faders 29 x touch-sensitive

Fader resolution 1024 steps

Encoders 102 x touch-sensitive

Encoder resolution 512 steps
PRO X Control Centre: 1300 x 1000 x 400 mm
DL2511/0 Box: 5U x 410 mm deep
DL3511/0 Box: 7U x 410 mm deep
Neutron: 7U x 425 mm deep

Dimensions DL4511/0 Box: 3U x 410 mm deep
DL1571/0 Box: 2U x 380 mm deep
DL1521/0 Box: 2U x 380 mm deep
DL153 1/0 Box: 2U x 380 mm deep
DL1541/0 Box: 2U x 380 mm deep
DL1551/0 Box: 2U x 380 mm deep

gfsi:;;’g ht (standard Control centre: 120 kg

Power requirements 100-240V a.c. £10% 50-60 Hz

:)::grgtmg temperature +5°C t0 445 °C

Storage temperature range -20°Cto +60°C
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PRO X audio performance specifications

Frequency response

Input Output Gain 20 Hz 20 kHz
DL2511/0 Box DL2511/0 Box 0 dB 0dBto-1.0dB 0dBto-1.0dB
DL2511/0 Box DL2511/0 Box 40 dB 0dBto-1.0dB 0dBto-1.0dB
DL35171/0 Box DL3511/0 Box 0 dB 0dBto-1.0dB 0dBto-1.0dB
DL3571/0 Box DL3511/0 Box 40 dB 0dBto-1.0dB 0dBto-1.0dB
Surface 1/0 Surface /0 0 dB 0dBto-1.0dB 0dBto-1.0dB
Surface /0 Surface /0 40 dB 0dBto-1.0dB 0dBto-1.0dB
DL4511/0 Box DL4511/0 Box 0 dB 0dBto-1.0dB 0dBto-1.0dB
DL4511/0 Box DL4511/0 Box 40 dB 0dBto-1.0dB 0dBto-1.0dB
DL431 Splitter DL3511/0 Box 0dB 0dBto-1.0dB 0dBto-1.0dB
DL431 Splitter DL3511/0 Box 40dB 0dBto-1.0dB 0dBto-1.0dB
DL431 Splitter DL431 A Qut 0dB 0dBto-0.5dB 0dBto-0.5dB
DL431 Splitter DL431 A Qut 40dB 0dBto-0.5dB 0dBto-0.5dB
DL431 Splitter DL431 B Qut 0dB 0dBto-0.5dB 0dBto-0.5dB
DL431 Splitter DL431B Out 40dB 0dBto-0.5dB 0dBto-0.5dB
DL431 Splitter DL431 COut -6dB 0dBto-1.0dB 0dBto-1.0dB
Gain error at 1kHz

Input Output Gain Maximum Minimum
DL2511/0 Box DL2511/0 Box 0dB +1.0dB -1.0dB
DL2511/0 Box DL2511/0 Box 40dB +1.0dB -1.0dB
DL3511/0 Box DL3511/0 Box 0dB +1.0dB -1.0dB
DL3511/0 Box DL3511/0 Box 40dB +1.0dB -1.0dB
Surface I/0 Surface 1/0 0dB +1.0dB -1.0dB
Surface I/0 Surface 1/0 40dB +1.0dB -1.0dB
DL4511/0 Box DL4511/0 Box 0dB +1.0dB -1.0dB
DL4511/0 Box DL4571/0 Box 40dB +1.0dB -1.0dB
DL431 Splitter DL4511/0 Box 0dB +1.0dB -1.0dB
DL431 Splitter DL4511/0 Box 40dB +1.0dB -1.0dB
DL431 Splitter DL431 A Qut 0dB +0.5dB -0.5dB
DL431 Splitter DL431 A Qut 40dB +0.5dB -0.5dB
DL431 Splitter DL431 B Out 0dB +0.5dB -0.5dB
DL431 Splitter DL431 B Out 40dB +0.5dB -0.5dB
DL431 Splitter DL431 COut -6dB +1.0dB -1.0dB
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Input CMRR
Input Output Gain 100 Hz 1kHz
DL2511/0 Box DL2511/0 Box 0dB 80dB 80dB
DL2511/0 Box DL2511/0 Box 40dB 90 dB 90dB
DL3511/0 Box DL3511/0 Box 0dB 80dB 80dB
DL3511/0 Box DL3511/0 Box 40 dB 90 dB 90dB
Surface /0 Surface I/0 0dB 80dB 80dB
Surface 1/0 Surface /0 40dB 90 dB 90dB
DL4511/0 Box DL4511/0 Box 0dB 80dB 80dB
DL4511/0 Box DL4511/0 Box 40dB 90 dB 90dB
DL431 Splitter DL4511/0 Box 0dB 80dB 80dB
DL431 Splitter DL4511/0 Box 40dB 90 dB 90dB
DL431 Splitter DL431 A Qut 0dB 80 dB 80dB
DL431 Splitter DL431 A Qut 40dB 90 dB 90dB
DL431 Splitter DL431B Out 0dB 80dB 80dB
DL431 Splitter DL431B Out 40dB 90 dB 90dB
DL431 Splitter DL431 COut -6dB 110dB 90dB

Distortion at 0 dBu
Input Output Gain 1kHz 10k Hz
DL2511/0 Box DL2511/0 Box 0dB 0.01% 0.01%
DL2511/0 Box DL2511/0 Box 40dB 0.03 % 0.03 %
DL3511/0 Box DL3511/0 Box 0dB 0.01% 0.01%
DL3511/0 Box DL3511/0 Box 40dB 0.03 % 0.03 %
Surface /0 Surface /0 0dB 0.01% 0.01%
Surface 1/0 Surface I/0 40dB 0.03 % 0.03 %
DL4571/0 Box DL4511/0 Box 0dB 0.01% 0.01%
DL4511/0 Box DL4511/0 Box 40dB 0.03 % 0.03 %
DL431 Splitter DL431 A Out 0dB 0.01% 0.01%
DL431 Splitter DL431 A Qut 40dB 0.03 % 0.03 %
DL431 Splitter DL431B Qut 0dB 0.01% 0.01%
DL431 Splitter DL431B Qut 40dB 0.03% 0.03 %
DL431 Splitter DL431 C Out -6 dB 0.01% 0.01%
DL431 Splitter DL4511/0 Box 0dB 0.01% 0.01%
DL431 Splitter DL4511/0 Box 40dB 0.03 % 0.03 %

Distortion at +20 dBu
Input Output Gain TkHz 10kHz
DL2511/0 Box DL2511/0 Box 0dB 0.03 % 0.03 %
DL2511/0 Box DL2511/0 Box 40 dB 0.03 % 0.03 %
DL3511/0 Box DL3511/0 Box 0dB 0.03 % 0.03 %
DL3511/0 Box DL3511/0 Box 40 dB 0.03 % 0.03 %
Surface 1/0 Surface /0 0dB 0.03 % 0.03 %
Surface 1/0 Surface I/0 40dB 0.03 % 0.03 %
DL4571/0 Box DL4511/0 Box 0dB 0.03 % 0.03 %
DL4571/0 Box DL4511/0 Box 40dB 0.03 % 0.03 %
DL431 Splitter DL431 A Qut 0dB 0.03 % 0.03 %
DL431 Splitter DL431 A Qut 40dB 0.03 % 0.03 %
DL431 Splitter DL431B Out 0dB 0.03 % 0.03 %
DL431 Splitter DL431B Out 40dB 0.03 % 0.03 %
DL431 Splitter DL431 COut -6dB 0.03 % 0.03 %
DL431 Splitter DL4511/0 Box 0dB 0.03 % 0.03 %
DL431 Splitter DL4511/0 Box 40dB 0.03 % 0.03 %
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Signal path noise 22 Hz to 22 kHz unweighted

Inputs 150R terminated.
Input Output Gain Output Noise EIN
DL2571/0 Box DL2511/0 Box 0dB -86 dBu -86 dBu
DL2571/0 Box DL2511/0 Box 40dB -86 dBu -126 dBu
DL3511/0 Box DL3511/0 Box 0dB -89 dBu -89 dBu
DL3511/0 Box DL3511/0 Box 40dB -87 dBu -127 dBu
Surface /0 Surface 1/0 0dB -89 dBu -89 dBu
Surface /0 Surface 1/0 40dB -87 dBu -127 dBu
DL4571/0 Box DL4511/0 Box 0dB -89 dBu -89 dBu
DL4511/0 Box DL4511/0 Box 40dB -87 dBu -127 dBu
DL431 Splitter DL431 A Out 0dB -98 dBu -98 dBu
DL431 Splitter DL431 A Out 40dB -88 dBu -128 dBu
DL431 Splitter DL431B Out 0dB -98 dBu -98 dBu
DL431 Splitter DL431B Out 40dB -88 dBu -128 dBu
DL431 Splitter DL431 COut -6dB -123 dBu -117 dBu
DL431 Splitter DL4511/0 Box 0dB -89 dBu -89 dBu
DL431 Splitter DL4511/0 Box 40dB -87 dBu -127 dBu

Dynamic range 22 Hz to 22 kHz unweighted
Input Output Gain Maximum Output Dynamic Range
DL2511/0 Box DL2571/0 Box 0dB +21dBu 107 dB
DL2511/0 Box DL2571/0 Box 40dB +21dBu 107 dB
DL3571/0 Box DL3511/0 Box 0dB +21dBu 110dB
DL3571/0 Box DL3511/0 Box 40dB +21dBu 108 dB
Surface1/0 Surface 1/0 0dB +21dBu 110dB
Surface /0 Surface 1/0 40dB +21dBu 108 dB
DL4571/0 Box DL4511/0 Box 0dB +21dBu 110dB
DL4511/0 Box DL4511/0 Box 40dB +21dBu 108 dB
DL431 Splitter DL431 A Out 0dB +26 dBu 124 dB
DL431 Splitter DL431 A Out 40dB +26 dBu 114 dB
DL431 Splitter DL431B Out 0dB +26 dBu 124 dB
DL431 Splitter DL431B Out 40dB +26 dBu 114 dB
DL431 Splitter DL431 COut -6dB +21dBu 144 dB
DL431 Splitter DL4511/0 Box 0dB +21dBu 110dB
DL431 Splitter DL4511/0 Box 40dB +21dBu 108 dB

(EN
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EN> PRO X system inputs and outputs

DL251 1/0 Box

Analogue inputs

Connector 3-pin XLR balanced

A/D converter 24-bit, 96 k and 128 times over sampling
Analogue outputs

Connector 3-pin XLR balanced

D/A converter 24-bit, 96 k and 128 times over sampling
Mipi

MIDI connector

In, out and through on 5-pin DIN

GPIO IN connector

25-pin D-type (opto isolated)

GPI0 OUT connector 25-pin D-type (opto isolated)
Digital system inputs and outputs
System connector 2 x AES50 (24 channels of bi-directional digital audio) on EtherCon® XLR

N-+1 connector

1x AES50 (24 channels of bi-directional digital audio) on EtherCon® XLR providing

redundant back up

DL351 1/0 Box

Analogue inputs

Connector 3-pin XLR balanced

A/D converter 24-bit, 96 k and 128 times over sampling

Analogue outputs

Connector 3-pin XLR balanced

D/A converter 24-bit, 96 k and 128 times over sampling

Digital inputs

Connector AES3 (two channels of digital audio) on 3-pin XLR
Sample rates Accepts any frequency between 32 k to 96 k

Bypass Sample rate converter can be bypassed

Digital outputs

Connector AES3 (two channels of digital audio) on 3-pin XLR
Sample rates 48k, 96 k or auto tracking to inputs

Bypass Sample rate converter can be bypassed

Word length 16-, 20- or 24-bit

Analogue Jack inputs and outputs

Connector 16 x %" TRS (8 x inputs (returns) and 8 x outputs (sends))
Miscellaneous Balanced, normalising and low latency

MIDI and GPIO

MIDI connector In, out and through on 5-pin DIN

GPIO IN connector 25-pin D-type (opto isolated)

GPI0 OUT connector 25-pin D-type (opto isolated)

Digital system inputs and outputs

System connector 3 x AES50 (24 channels of bi-directional digital audio) on EtherCon® XLR
N1 connector :eﬁﬁﬁjggt(iismgnels of bi-directional digital audio) on EtherCon® XLR providing
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DL451 1/0 Box

Analogue inputs

Connector 3-pin XLR balanced

A/D converter 24-bit, 96k and 128 times over sampling
Analogue outputs

Connector 3-pin XLR balanced

D/A converter 24-bit, 96 k and 128 times over sampling

Digital inputs

Connector AES3 (two channels of digital audio) on 3-pin XLR
Sample rates Accepts any frequency between 32 k to 96 k
Bypass Sample rate converter can be bypassed

Digital outputs

Connector AES3 (two channels of digital audio) on 3-pin XLR
Sample rates 48k, 96 k or auto tracking to inputs

Bypass Sample rate converter can be bypassed

Word length 16-, 20- or 24-bit

MIDI and GPIO

MIDI connector

In, out and through on 5-pin DIN

GPIO IN connector

25-pin D-type (opto isolated)

GPI0 OUT connector

25-pin D-type (opto isolated)

Digital system inputs and outputs

System connector

AES50 (24 channels of bi-directional digital audio) on Ethercon XLR

Duplicate connector

AES50 (24 channels of bi-directional digital audio) on Ethercon XLR providing dual
redundant back up of channels

DL431 Splitter (option)

Analogue inputs

Connector

3-pin XLR balanced

Phantom power

48-volt with local switch and remote control from PRO Series Control Centre

Gain control A

-2.5 dB to +45 dB analogue gain in 2.5 dB steps with local and remote control; plus a
further +20 dB of high resolution interpolated DSP trim

Gain control B

Independent second channel identical to Gain control A (above)

30 Hz high pass with local defeat switch and remote control from

Filter A PRO Series Control Centre

Filter B Independent second channel identical to Filter A (above)

Meter (quantity 24) 7-segment -18 dBu to +24 dBu

Meter A/B Meters can be switched to monitor A or B pre-amplifiers

A/D converter A 24-bit, 96 k and 128 times over sampling

A/D converter B Independent second channel identical to A/D converter A (above)

Analogue outputs

Connector A 3-pin XLR balanced

Connector B Independent second channel identical to Connector A (above)

Connector € !ndependeptthird chapnel on front mounted 3-pin XLR, balanced and transformer
isolated (with fixed gain of -6 dB)

Headphone connector " Jack

Audio monitor

3-pin XLR balanced

Digital (system) outputs

System connector A

AES50 (24 channels of digital audio) on Ethercon XLR

System connector B

Independent second channel identical to System connector A (above)

Duplicate connector A

AES50 (24 channels of digital audio) on Ethercon XLR providing dual redundant back
up of A channels

Duplicate connector B

AES50 (24 channels of digital audio) on Ethercon XLR providing dual redundant back
up of B channels
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Neutron NB

Inputs/Outputs

AES50 EtherCon x 10

Each providing 24 bidirectional channels of 24-bit, 96 kHz audio

Expansion

Expansion modules x 2

(M-1 format modules, each providing up to 64 channels of
bidirectional audio and asynchronous sample rate conversion

System inputs and outputs

Dimensions
Height 96 mm (3.8"), 2U high
Width 303 mm (12.0")
Depth 306 mm (12.0")
Weight
Net 1.3 kg (2.9 Ibs)
Shipping 2.1kg (4.6 Ibs)
Operation
Temperature +5°Cto +45°C
Storage
Temperature -20°Cto +60°C
NEUTRON DSP Engine
General specifications
Dimensions 7Uhigh
425 mm deep
Net weight 25.5kg
Shipping weight approx. 30 kg
ACrequirements 100Vto 240V
50 Hz to 60 Hz
Power consumption at115V:
2PSUs 110A,126.5W
3PSUs 115A,132.25W
Power consumption at230V:
2PSUs 0.54A,124.2W
3PSUs 0.69 A, 158.7W
Operating temperature range +5°Cto +40°C
Storage temperature range -20°Cto +60°C
Inputs and outputs
System connector

8 x AES50 (24 channels of bi-directional digital audio) on etherCON XLR
Snake connector (copper)

HyperMac (192 channels of bi-directional digital audio) on etherCON XLR
Duplicate snake connector (copper)

HyperMac (192 channels of bi-directional digital audio) on etherCON XLR
Snake connector (fibre)

HyperMac (192 channels of bi-directional digital audio) on opticalCON XLR
Duplicate snake connector (fibre)

HyperMac (192 channels of bi-directional digital audio) on opticalCON XLR

Miscellaneous inputs and outputs

Word clock IN connector BNC

Word clock OUT connector BNC

AES3 SyncIN connector 3-pin XLR

AES3 Sync OUT connector 3-pin XLR
Ethernet Tunnel etherCON XLR
Control Expansion 2 x etherCON XLR
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PRO X Control Surface

Analogue audio system inputs

Connector

3-pin XLR balanced

A/D converter 24-bit, 96k and 128 times over sampling
Connector 4" Jack balanced
A/D converter 24-bit, 96k and 128 times over sampling

Talkback connector

3-pin XLR balanced line

Talk connector

3-pin XLR balanced mic with 48 V phantom voltage

Meters (quantity 16)

20-segment -36dBu to +21 dBu

Analogue audio system outputs

Connector

3-pin XLR balanced

D/A converter 24-bit, 96k and 128 times over sampling
Connector 4" Jack balanced
D/A converter 24-bit, 96k and 128 times over sampling

Monitor connector

3-pin XLR balanced line

Talk connector

3-pin XLR balanced line

Headphone connector 4" Jack (stereo)

Meters (quantity 9) 20-segment -36 dBu to +21 dBu

Digital audio system inputs and outputs

Input connector AES3 (two channels of digital audio) on 3-pin XLR
Sample rates Accepts any frequency 32 kto 96 k

Bypass Sample rate converter can be bypassed

Output connector AES3 (two channels of digital audio) on 3-pin XLR
Sample rate 48k, 96 k or auto tracking to inputs

Bypass Sample converter can be bypassed

Word length 16-, 20- or 24-bit

System expansion connector

3 X AES50 (24 channels of bi-directional digital audio) on Ethercon XLR

Snake connector (copper)

HyperMac (192 channels of bi-directional digital audio) on Ethercon XLR

Duplicate snake connector (copper)

HyperMac (192 channels of bi-directional digital audio) on Ethercon XLR

Snake connector (fibre)

Duplicate snake connector (copper)

)
HyperMac (192 channels of bi-directional digital audio) on Opticon XLR
HyperMac (192 channels of bi-directional digital audio) on Opticon XLR

Control data system inputs and outputs

System connector

Ethercon XLR

Duplicate connector

Ethercon XLR providing dual redundant back up

Miscellaneous inputs and outputs

Word clock IN connector BNC

Word clock OUT connector BNC

AES3 syncIN connector 3-pin XLR
AES3 sync OUT connector 3-pin XLR
External (Ethernet) connector Ethercon XLR

Monitor input connector

3-row, 15-pin D-type, analogue VGA

KVM input connection

Screen 3-row, 15-pin D-type (analogue VGA) and USB keyboard/mouse

USB host connection Line 1/0 + Mic
Splitter

USB 2.0 full speed (12.0 Mbs) 500mA maximum load

USB slave connection Line I/0 + Mic
Splitter

USB 2.0 full speed (12.0 Mbs)

USB host connection Surface

USB 2.0 full speed (12.0 Mbs) TA maximum load
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EN> PRO X input and output characteristics

Analogue input characteristics

Input Type LoadZ Gain Max. Level Connector
DL2511/0 Box 10K -25dB to +60 dB +26 dBu XLR
DL3511/0 Box 10K -25dB to +60 dB +26 dBu XLR
Surface /0 10K -25dB to +60 dB +26 dBu XLR
DL4511/0 Box 10K -25dB to +60 dB +26 dBu XLR
DL431 Splitter 10K -22.5dBto+65dB +24 dBu XLR
Talk mic 600R +15 dB to +60 dB +6 dBu XLR
Monitor 10K 0dB +24 dBu XLR

Analogue output characteristics

Output Type SourceZ Gain Max. Level Connector
DL2511/0 Box 50R 0dB +21dBu XLR
DL3571/0 Box 50R 0dB +21dBu XLR
Surface1/0 50R 0dB +21dBu XLR
DL4511/0 Box 50R 0dB +21dBu XLR
DL431 Splitter Main 150R 0dB +24 dBu XLR
Dt Splter 75R 648 +18 dBu XLR
Talk mic 50R 0dB +24 dBu XLR
Monitor 50R 0dB +24 dBu XLR
Headphones 10R +10dB 750 mW 4" Jack

Digital 1/0 characteristics

Type Chan. Data length /0 Description Notes Conn.
AES3 2 24-bit Input Conforms to AES3 - 2003 XLR
AES3 2 24-bit Output Conforms to AES3 - 2003 XLR
AES50 24 24-bit Bi-directional Conforms to AES50 -2006 Ethercon XLR
HyperMac 192 24-bit Bi-directional Cat 5e, Gigabit Ethernet Ethercon XLR

physical layer

850 nm, laser module
1.25 Gb/s 1000 base-SX
physical layer on 50/125

multimode fibre

HyperMac 192 24-bit Bi-directional Opticon XLR

Miscellaneous digital characteristics

Type /0 Description Notes Connector

Word dlock N Accepts TTL level, 96kHz square wave; BNC
impedance 75 ohms

Word clock ouT Provides a TTL level, 96kHz square wave BNC

Accepts a 96kHz digital audio signal
conforming to AES3 - 2003

Provides a 96kHz grade Il reference
signal conforming to AES3 - 2003
(at Se, Auto MDIX, 10 Mb/s Fast Ethernet Ethercon
physical layer XLR

AES sync IN XLR

AES sync ouTt XLR

External (Ethernet) —
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PRO X main processing functions

Main input channel functions

Input channel hi pass

10 Hz to 400 Hz swept in digital domain Slope selectable 12 dB/Oct or 24 dB/Oct

Input channel lo pass

2 kHz to 20 kHz swept in digital domain Slope selectable 6 dB/Oct or 12 dB/Oct

Input channel treble

Parametric operation Frequency 1 kHz to 25 kHz swept Gain +16 dB to -16dB BW 0.1 Oct to 3 Oct

Shelf operation Frequency 1kHz to 25 kHz swept Gain +16 dB to -16 dB Soft, classic or bright (minimum
harmonic disruption) curves

Input channel hi mid

Parametric operation Frequency 320 Hz to 8 kHz swept Gain +16 dB to -16 dB BW 0.1 Oct to 3 Oct

Input channel lo mid

Parametric operation Frequency 80 Hz to 2 kHz swept Gain +16 dB to -16 dB BW 0.1 Oct to 3 Oct

Input channel bass

Parametric operation Frequency 16 Hz to 400 Hz swept Gain +16 dB to -16 dB BW 0.1 Oct to 3 Oct
Shelf operation Frequency 16 Hz to 400 Hz swept Gain +16 dB to -16 dB Warm, classic or deep (minimum
harmonic disruption) curves

Input channel compressor

Peak, linear, RMS and vintage modes (Corrective, Adaptive, Creative and Vintage) Threshold -50 dBu to
420 dBu Attack 200 E s to 20 ms Release 50 ms to 3s Ratio 25:1 to 1:1 Knee 4 dB, 12 dB or 40 dB Gain 0 dB
to+24dB

Side chain source selectable + filter Frequency 50 Hz to 15 kHz swept Bandwidth 1/3, 1 or 2 Oct

Input channel gate

Peak mode Threshold -50 dBu to +20 dBu Attack 20 £ s to 20 ms Hold 5 ms to 2s Release 5ms to 2s
Range o to 0 dB

Side chain source selectable + filter Frequency 50 Hz to 15 kHz swept Bandwidth 1/3, 1 or 2 Oct

Auxiliary input channel functions

Aux channel treble

Parametric operation Frequency 1 kHz to 25 kHz swept Gain +16 dB to -16 dB BW 0.1 Oct to 3 Oct

Shelf operation Frequency 1 kHz to 25 kHz swept Gain +16 dB to -16 dB Soft, classic or bright
(minimum harmonic disruption) curves

Aux channel hi mid

Parametric operation Frequency 320 Hz to 8 kHz swept Gain +16 dB to -16 dB BW 0.1 Oct to 3 Oct

Aux channel lo mid

Parametric operation Frequency 80 Hz to 2 kHz swept Gain +16dB to -16 dB BW 0.1 Oct to 3 Oct

Aux channel bass

Parametric operation Frequency 16 Hz to 400 Hz swept Gain +16dB to -16 dB BW 0.1 Oct to 3 Oct

Shelf operation Frequency 16 Hz to 400 Hz swept Gain +16 dB to -16 dB Warm, classic or deep
(minimum harmonic disruption) curves

Output channel functions

Output channel band 6

Parametric operation Frequency 16 Hz to 25 kHz swept Gain +16 dB to -16 dB BW 0.1 Oct to 3 Oct
Lo pass operation Frequency 16 Hz to 25 kHz swept Slope 6 dB/Oct or 12 dB/Oct
Shelf operation Frequency 16 Hz to 25k Hz swept Gain +16 dB to -16 dB Mode soft curve

Output channel bands 3, 4
and 5

Parametric operation Frequency 16 Hz to 25 kHz swept Gain +16 dB to -16 dB BW 0.1 Oct to 3 Oct

Output channel band 2

Parametric operation Frequency 16 Hz to 25 kHz swept Gain +16 dB to -16 dB BW 0.1 Oct to 3 Oct
Hi pass operation Frequency 16 Hz to 25 kHz swept Slope 24 dB/Oct

Output channel band 1

Parametric operation Frequency 16 Hz to 25 kHz swept Gain +16 dB to -16 dB BW 0.1 Oct to 3 Oct
Hi pass operation Frequency 16 Hz to 25 kHz swept Slope 6 dB/Oct or 12 dB/Oct
Shelf operation Frequency 16 Hz to 25 kHz swept Gain +16 dB to -16 dB Mode soft curve

Output channel GEQ

16 available in place of PEQ (above) 31 bands, 1/3 Oct, proportional Q Lo pass frequency 2 kHz to 20 kHz
swept Slope 6dB/Oct or 12 dB/Oct Hi pass frequency 20 Hz to 500 Hz swept Slope 6 dB/Oct or 12 dB/Oct

Output channel dynamic

Peak, linear, RMS, vintage and shimmer modes (Corrective, Adaptive, Creative, Vintage and Shimmer)

Threshold -50 dBu to +25 dBu Attack 200 ps to 20 ms Release 50 ms to 3s Ratio 25:1 to 1:1 Knee 4 dB,
12 dB or 40 dB Gain 0 dB to +24 dB

Side chain source selectable + filter Frequency 50 Hz to 15 kHz swept Bandwidth 1/3, 1 or 2 Oct

Effects channel functions

Stereo effects channel

8 available configurable as Stereo or mono in, stereo out Modulated delay effects Complex delay,
reverbs Advanced dynamics RTA and advanced measurements

Effects channel GEQ

32 available in place of effects (above) 31 bands, 1/3 Oct, proportional Q Lo pass frequency
2kHz to 20 kHz swept Slope 6 dB/Oct or 12 dB/Oct Hi pass frequency 20 Hz to 500 Hz swept Slope 6dB/
Octor 12 dB/Oct
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PRO X status functions

Meters

Control Centre meters

9 x output 20-LED -36dBu to +21dBu 16 x input 20-LED -36dBu to +21dBu 32 x gain reduction 7-LED

Screen metering

105 x 20-segment signal level meters 112 x 7-segment gain reduction (or 144 including aux and matrix
gain reduction meters for the compressors)

Screens
Quantity 2 x full-colour daylight-viewable screens
Size 15" (diagonal)
Resolution 1024 x 768 pixels

External screen

2 x output connectors for remote screens

Screen functions

Source Each screen can be switched to source either the local control centre or an external input

KVM Screen 2 can be switched to operate up to 3 external computers utilising the control centre trackball
and keyboard

Internal GUI Advanced interpolated graphics support all control centre functions

LCD switches

Quantity 59 LCD switches

Size 18 mm x 12 mm display area

Resolution 36 x 24 pixels
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Appendix C: KLARK TEKNIK DN370 GEQ

This appendix contains information on the KLARK TEKNIK DN370 GEQ unit that is pertinent to the PRO X.

Notes
When reading the KLARK TEKNIK DN370 GEQ in relation to the PRO X, take the following into consideration:

o (onstant-Q versus Symmetrical-Q: In the manual, Constant-Q is referred to as Symmetrical-Q. There is a note in the manual to say that Symmetrical-Q is
inaccurately referred to as Constant-Q.

e For“DN370" in manual, read “GEQ".
e SPL=sound pressure level.

o Although the manual refers to a physical unit, this can still apply to the virtual GEQ equivalent of the PRO X. For example, the pushbuttons in the units on the
Graphic EQs screen have the same functions as the ones on the physical unit, and the on-screen faders represent the unit’s long-throw ones etc.

o The GEQ of the PRO X has 31 bands, as compared to 30 on the DN370. The extra band is at a frequency centre of 20Hz, and is adjusted by the leftmost fader.

Using the GEQ

This 31-band, third octave graphic equaliser provides a high degree of accuracy and control. Graphic equalisers may be used for corrective or creative purposes,
depending upon whether they are used live (MON or FOH) or in the studio (broadcast or recording).

Studio and creative use

In the control room, a graphic equaliser may be used to remove problem frequencies and improve deficiencies in room acoustics. This is commonly achieved with the
use of a real time analyser (RTA). As the frequency centres of the PRO X Control Centre conform to IS0 standards, corrections can be made by sight directly from the RTA
to the graphic.

There are many creative and corrective uses for the GEQ. For example, by using the 31 equaliser bands and the high and low pass filters you can achieve the effect
of someone speaking on the telephone. When used in conjunction with a compressor, you can create a de-esser. The GEQ can also be used for tonal correction of
instruments or vocals.

Live use (MON)

A monitor engineer may use an RTA to detect these peaks but, more often than not, monitor engineers have a developed sense of hearing that enables them to remove
these frequencies by ear. The GEQ's 31 bands allow a majority of feedback to be removed from the monitors. High and low pass filters are provided that can be used to
remove high frequency feedback and bass rumble or over-excursion of bass drivers (the GEQ on the PRO Series has no variable notch filters). It may also be undesirable
to have large amounts of bass in the on-stage monitors. In vocal monitors, bass does not assist projection of vocals and can make the stage sound unbearable, hence,
the bass element can be rolled off at the desired frequency. The fundamentals of vocals are transmitted in a narrow audible range and will appear unaffected.

Bypassing the EQ

It may be desirable to hear the effect of the graphic equaliser settings, for example, during a sound check. To do this, press the EQ in/out switch so that it is set to out
(the red out LED is illuminated); this bypasses the EQ (and gain) settings of the GEQ, allowing the user to hear the original audio without adjusting any fader or control.

Placing the fader of any band at the extreme upwards position will apply 12dB gain to frequencies in that band. Placing the fader of any band at the extreme
downwards position will apply 12dB of attenuation, depending upon the RANGE switch’s setting, to the frequencies in that band.



222 PRO X User Manual

@ Audio signal path

m ASNIAGTY m

m ASNINOTY m m ASN3NOI Y m

m AJN3NDIYS m

@ L= o =
SSVdAS SSVdAT SSVdAS SSVdAg
0 HSNd ’ HSNd ’ HSNd a Hsnd
/._N\ otz f..g\ /o.p\
STHIVED Z HoLON T HOLON SS5vd MO SSvd HOIH
ngpez+ ngpop-
dio TYNDIS
-
H
- @D
. o
SSvdAag




223 PRO X User Manual

Appendix D: KLARK TEKNIK DN780 Reverb

This appendix contains parameter application notes for the DN780 reverh internal effect on the PRO X. This is followed by information on the special effects program
and technical specifications of the PRO X Control Centre’s DN780.

Parameter application notes
This section provides application notes on the parameters of the DN780 Reverb effect.

Pre-delay

0to 990 milliseconds (ms) of pre-delay is available allowing a very wide range of control. Delays of less than 30ms closely integrate the direct and reverberant sounds;
often a desirable feature on percussive sounds. Delays of 50ms or more cause the direct and reverberant sounds to separate and convey a feeling of depth and distance
to the simulated environment. Delays above 2300ms are used for creating special effects.

Pattern

The pattern control alters the ‘density’ of the early reflections. It is adjustable from 0 to 9 as shown on display f1, with 0 giving a low density or ‘grainy’ character to the
early reflections and 9 producing a high density effect.

Level

The level control functions convincingly as a ‘depth’ control, altering the apparent distance between the sound source and the listener. It is adjustable from 0 to 9 as
shown on display f2, with 0 being relatively distant and 9 bringing the sound source closer.

Decay

The reverberation decay time is adjustable from 0.1 to 18 seconds, depending on room size, changing the reverberant field from a virtually dead sound to a totally
surreal effect. Short decay times, under one second, are essential for authentic small room simulation and also extremely useful for ambience applications where
classic reverberation is not wanted. Reverb times of 1 to 4 seconds cover the majority of normal applications where classic reverberation is required. Longer decay
times are available for special effect applications.

LF key

LFis adjustable to +7, depending on room size and decay time, as shown on display f3. An increase in LF decay time is generally desirable on simulations of large halls,
since low frequency sounds suffer less than higher frequencies from absorption in air. Very small spaces usually need the ‘thin’ sound created by reducing LF decay.

HF key

HF is adjustable to 7, as shown on display f4. The HF decay control sets the absorption characteristic of the simulated space. In reality, large environments feature
considerably reduced high frequency decay times due to air absorption. A smaller room will feature greater HF decay time if the walls are tiled and the room is empty
than if the room contains soft furnishings and curtains. The wide range of control provided will allow a suitable setting to be chosen to enhance realism in most
applications.

Room size

Room size is adjustable from 8 to 90 linear metres, representing a wide range of volumes. Since the acoustic character of a given environment depends not only on the
reverberation time and construction of the room, but also to a great extent on its volume. The room size control is, in fact, essential if authentic simulation of a range
of different sized environments is required. Small room sizes give a confined, ‘box-like’ sound. Medium room sizes suggest a room or small hall, whereas large room
sizes suggest a large hall or cathedral. Again, there is no substitute for experimentation.

About the special effects programs
This section gives details of the effects programs available on the DN780 Reverb effect.

Direct signal

Effects such as ‘ADT" and ‘Echo’ rely on a suitable level of direct (dry) signal being added on the mixing console. Since this is largely a question of taste, no precise
instructions are included here. It is recommended that, as a general principle, direct signal is initially set at a normal operation level without any effect present. The
effectis then increased in level as required.

“Delay” effect

PRE DELAY control knob adjusts the delay time within the range 0 to 2.0 seconds.

REV button mutes the effect.

Preset parameters: On selecting this effect program, delay is set to 200 ms.

Stereo mix: The signals at left and right outputs are both delayed by the same amount as set using the PRE DELAY control, that is, they are essentially monophonic.
Application Notes:

o Use this program to accurately balance echo return levels on the mixing console.

 Innormal use, only one output should be used.
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“ADT” effect

PRE DELAY control knob adjusts the delay time before the second voice is heard. Delay is adjustable within the range 0 to 127ms.

PATTERN control knob selects the number and spacing of the second voices. Selection is from Pattern 1 (two voices) to Pattern 5 (eight voices).
REV button mutes the effect.

Preset parameters: On selecting this effect program, delay is set to 40ms and pattern is Pattern 5 (a wide multi-voiced effect).

Stereo mix: Left and right output signals use different delay taps to achieve a stereo effect. Using only one output halves the number of ‘voices’, that is, Pattern 1 (one
voice) to Pattern 5 (four voices).

Application N otes:

o Try delays from 25 to 50ms. Short delays reduce the effect, long delays produce echo.

o Directsignal must be added at a suitable level on the mixing console. Try 50/50 direct/effect mix on Pattern 1, much less direct on Pattern 5.

o For conventional ADT, try ‘Delay’ of 40ms, Pattern 1, and use one output only, panned, say, fully right. Pan direct signal fully left and use a 50/50 direct/effect mix.

“Multi-Tap Echo” effect

PRE DELAY control knob adjusts the time delay interval between the direct signal and the first repeat. Delay is adjustable from 0 to 990ms.
PATTERN control knob selects the number and spacing of the repeats. Pattern 1 (two repeats) to Pattern 9 (eight repeats).

DECAY control knob sets the feedback (regeneration) level for repeat echoes.

HF control knob allows the high frequency filtering to be applied to the regenerated signal.

REV button mutes the effect.

Preset parameters: On selecting this effect program: delay is set to 196ms; pattern is Pattern 4; decay is 73; and HF is 0. These settings give an effect similar to a
typical multi-head tape echo, but with full stereo image.

Stereo mix: Different delay taps are used for left and right outputs to achieve a stereo effect. Using only one output halves the number of taps, that is, Pattern 1 (one
tap), Pattern 9 (four taps).

Application Notes:

o Setdelay time as required, generally fairly short for multi-echoes (higher pattern numbers), and longer for repeat echo. ‘Fine tune’ delay setting to set exact
musical timing for single tap repeat echoes.

o Direct signal must be added at a suitable level on the mixing console.
o Forsingle tap repeat echo, start with Pattern 1, with ‘Delay’, ‘HF" and ‘Decay’ all set at maximum. Reduce parameters as required. Use one output only.

“Sound-On-Sound” effect

PRE DELAY control knob sets the ‘loop length” and hence the timing of the effect between 0 and 2.0 seconds.

LEVEL control knob provides 10 level increments of signal input to the ‘digital loop”. Return level to ‘0" after use to avoid noise build-up.
DECAY control knob sets the ‘erasure” of the loop from ‘0" (100% erasure) to ‘99’ (zero erasure).

REV button clears memory of unwanted effect.

Preset parameters: On selecting this effect program: pre-delay is set to 2.0s; level is 0; and decay is 99. These settings represent maximum loop length with zero
erasure. Please note that no sound will be heard until ‘level” is increased.

Stereo mix: Outputs left and right are essentially identical. However, to avoid the possibility of slight phase cancellations, it is recommended that only one output is
used on this program.

Application Notes:

o Since the ‘level”inside the signal processor increases as fresh input is added, input level must be lower than that recommended for normal use; try -15dB on the
headroom indicator. Digital overload will be indicated by the red LED illuminating on the headroom indicator.

o Correct pre-delay ('loop length’) should be set before creating the effect as attempts to alter this later will usually destroy part of the recorded sound.
o Remember to return level to ‘0" immediately after used to avoid noise build-up.
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“Infinite Room” effect

LEVEL control knob provides 10 level increments of signal input to the ‘infinite room'”. Return level to ‘0 after use to avoid noise build-up.
REV button clears memory of unwanted effect.

Preset parameters: On selecting this effect program, level is 0. Please note that no sound will be heard until ‘level’ is increased.
Stereo mix: Infinite room is a spacious, full stereo effect.

Application Notes:

 Since the ‘level”inside the signal processor increases as fresh input is added, input level must be less than that recommended for normal use; try -15dB on the
headroom indicator. Digital overload will be indicated by the red LED illuminating on the headroom indicator.

o Remember to return level to ‘0" immediately after used to avoid noise build-up.

“Alive”, “Non-Linear” and “Reverse” effects

PRE DELAY control knob sets the delay between the direct signal and the onset of the effect. Maximum pre-delay is 990ms.
PATTERN control knob changes the density of the reflections, with 0 giving a low

density or ‘grainy’ character and 9 producing a high density effect.

DECAY control knob sets the length of the effect, from ‘1" (short) to ‘12" (long). The display simply shows these increment numbers and is not calibrated in seconds.
LF control knob adjusts the low frequency content of the effect.

HF control knob adjusts the high frequency content of the effect.

REV button clears memory of unwanted effect.

Preset parameters:

o “Alive” - on selecting this effect program: pre-delay is Os; pattern is 9; decay is 8; LF is +1; and HF is +3.

o “Non-Linear” - on selecting this effect program: pre-delay is Os; pattern is 4; decay is 5; LF is 0; and HF is 0.

o “Reverse” - on selecting this effect program: pre-delay is Os; pattern is 4; decay is 12; LF is 0; and HF is +2.

Stereo mix: All these effects are in full stereo and are completely mono-compatible.

Application Notes:

o These three effects will find instant application in any recording studio engaged in contemporary music production, as they allow pronounced acoustical
enhancement without the ‘muddying’ effect of longer, conventional decay envelopes. This makes possible a bright and ‘punchy’ mix. These effects work well on
most instruments, but try “Non-Linear” for explosive snare sounds and “Reverse” on vocals.

o The “Alive” program produces a more natural, live ambience, which is less coloured than the other two effects and has wide-ranging applications.

(EN
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EN ) Technical Specifications

Frequency response

+1,-2dB (20 Hz to 12 kHz)

Dynamicrange

85 dB typical

Arithmetic processor 32-bit

Reverberation Hall, Plate, Chamber and Room, with
five variations of each

Effects Alive, Non-Linear, Reverse, Delay,

ADT, Multitap Echo,

Sound-On-Sound and Infinite Room

Parameters

Pre-delay

010 990ms

Pattern (density)

Adjustable 0 to 9 increments (Grainy
to Dense)

Level (depth)

Adjustable 0 to 9 increments (Distant
to Close)

Decay time 0.1to 18 seconds

Room size 8 t0 90 metres linear dimension

LF decay Adjustable + 7 increments ref.
1kHz decay time

HF decay Adjustable + 7 increments ref.

1 kHz decay time

Since the above reverberation parameters are optimised to ensure
authentic acoustical simulation, they are by necessity program-dependent.

Input mute Removes audio feed from
reverberation section.
Reverb mute (lears unwanted reverberant signal.

Input level control

From 6 dB gain to infinite
attenuation.

Headroom indicator

10-point LED display, 0 dB to -27 dB.

Display

Simultaneous display of all
parameter information.
Parameter selection and
store functions are verified by
individual LEDs.
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Appendix E: I/O Modules

There are three module slots (to the right of the rear panel of the PRO X) into which any combination of the following modules can be fitted:

DL441 analogue input module; see “DL441 analogue input module”.
DL442 analogue output module; see “DL442 analogue output module”.

DL443 analogue insert input/output module; see “DL443 analogue Jack I/0 module”.

DL444 analogue D-type input/output module; see “DL444 analogue D-type I/0 module”.

DL452 digital in/out (AES/EBU) module; see “DL452 digital /0 module”.

Details of how to replace a module can be found in Appendix F “Replacing A Module”.

DL441 analogue input module
The DL441 analogue input module provides eight balanced line (or mic) inputs. Its rear panel houses eight input XLRs, each with a check and a 48 V LED.

The line inputs may be used as simple unity gain inputs to the PRO X, such as insert returns. However, there is also provision for gain adjustment in 5 dB steps from
-5 dB to +40 dB. This allows very high signal levels to enter the system and means that the same hardware can be used for micinputs, if required by the system.

When used for microphones the input can also provide 48-volt phantom power.

output 2

DL441 module connectors

Item Description
1 Eight XLR analogue mic/line inputs.
5 Green check LED illuminates to show when a channel is selected on a console. These are
controlled by the console and are used as a visual aid to locate specific connectors.
3 Red 48 V LED illuminates to show that 48 V phantom voltage is on.
P ADDRESS
pTTTTTTTTTTTT o REMOTE N
i CONTROL
DATA
' P ECEE T E R INTERFACE 14 -
1
' i
1 1
1 []
! [}
48y REMOTE
STATUS  INTERROGATE
LED LED
" o’ SYSTEM
i WORD CLOCK
-5 to 40dBu Gain LOCAL
PLL
A DIGITAL
our »

B DIGITAL BACKPLAMNE SIGMALS

Functional block diagram of the DL441 module
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DL442 analogue output module

The DL442 analogue output module provides eight balanced line outputs. Its rear
panel houses eight output XLRs, each with a check and a mute LED. The line
outputs have no analogue level adjustment.

output 2

DL442 module connectors

Item Description
1 Eight XLR analogue outputs.
Green check LED illuminates to indicate when a channel is selected on the console.
2 These are controlled by the console and are used as a visual aid to locate specific
connectors.
3 Red mute LED illuminates to show when the channel is muted on the console.
LOCAL SYSTEM
PLL WORD CLOCK
DIA DIGITAL
IN
i
|
|
I DIGITAL BACKPLANE SIGNALS MUTE ADDRESS
STATUS REMOTE  |<——@l
LED CONTROL DATA
N/ INTERFACE  |———2" gmm
- . -
2N T
Lo Pass !
Filter 1
REMOTE
INTERROGATE
LED
N _ 7
-— . -

/I\

Functional block diagram of the DL442 module showing 1 of 8 channel paths
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DL443 analogue Jack I/0 module

The DL443 Jack I/0 module provides a reliable, robust, high quality option where
maximum connectivity is required at reduced cost. It has normalising and low latency, and is of robust construction.
The DL443 Jack 1/0 module has a total of 16 %" Jack sockets providing eight outputs (sends) and eight inputs (returns). Each output has a red mute status LED.

DL443 module connectors

Item Description
Eight jack sockets per inputs (returns) section and eight jack sockets per
outputs (sends) section.

Red mute LED on each outputs (sends) jack socket illuminates to show when a
channel is muted on the console.

1

DISITAL OUT
LINE >——— AD
IN /\—O—l_
SYSTER
D‘ETPELgT WORD CLOCK o
LOCAL
PLL
DA DIGITAL
IN
1
|
| ADDRESS
| REMOTE
: CONTROL
! INTERFACE | DATA
1
i
MUTE
STATUS
Lo Pass LED
Filter ,,"
B DIGITAL BACKPLANE SIGNALS
_ o v
LINE
+ o A our
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DL444 analogue D-type I/O module

The DL444 D-type I/0 module provides a high density analogue 1/0s in a compact module. The module incorporates current limited (SmA maximum) and short circuit
protected LED outputs, which are independently driven to protect the module from external wiring faults. Status of the module’s LEDs can be monitored remotely.
The DL444 D-type I/0 module has eight channels of premium mic preamps and eight channels of premium output stage via two standard 25-way, D-type connectors.
The mic preamp is in 2.5dB steps, which is similar to the MIDAS DL431 Mic Splitter, but without the splitting capability.

Each of the eight inputs has a red LED to show the on/off status of its +48 V phantom voltage. Similarly, each output has an LED to show whether its mute is on/off.
A third 25-way D-type connector lets you view the status of all 16 LEDs remotely.

[———output mute——
67 8

DL444 module connectors

Item Description
1 Standard D-type connector.
2 outputs D-type socket. This socket connects to up to eight analogue outputs.

output mute LED. There are eight output mute LEDs, which show the mute status

3 of each of the eight analogue outputs.
remote status D-type socket. This socket is for connecting the 1/0s to the 16 red LEDs
4 to provide 48V phantom voltage status and mute status for the inputs and outputs,
respectively.
5 inputs D-type socket. This socket connects to up to eight analogue mic/line inputs.
6 48V LED. There are eight 48 V LEDs, which show the whether 48 V

phantom voltage is on/off for each of the eight analogue inputs.
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) ADDRESS
REMOTE <
r—— = — — — — — — 4 CONTROL
INTERFACE . DATA a
“remote status” -
CONNECTOR
I
I
REMOTE +48V
STATUS LED
|
-e- SYSTEM
! -2.5dB TO +45dBu LOCAL WORD CLOCK
GAIN L —a
MIC/LINE INPUT
DIGITAL
AD out
“inputs”
CONNECTOR
[ DIGITAL BACKPLANE SIGNALS

Functional block diagram of the a single (one of eight) analogue input of the DL444 module

Lo Pass
Filter

I DIGITAL BACKPLANE SIGNALS

LINE OUT
LOCAL SYSTEM
PLL WORD CLOCK
D/IA DIGITAL
IN
-
ADDRESS
REMOTE -—@.
__________ CONTROL
r INTERFACE | «—21" gy
CONNECTOR
|
|
REMOTE MUTE
STATUS LED
NI
sy
LINE OUT
“outputs”
CONNECTOR

Functional block diagram of a single (one of eight) analogue output of the D444 module
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Connecting to eight XLRs

You can connect either the inputs connector or outputs connector on the rear panel of the DL444 module to eight XLRs. To do this you will need an adapter cable
with a male, 25-way D-type at one end and eight XLRs at the other.

Note: Off-the-shelf adapter cables are easily obtainable.
Although generally you will be using XLRs as terminal I/0 connections, it will depend on your rack equipment, so these could be jacks, D-types, phonos etc.

Ground
Cold
Hot

; @ Ground
A\ Cold
Flo\\-/ Hot

/
77\ Ground I

Cold Cable side Male socket side
Hot

13

5

[

I
Y,

Ground
Cold |
Hot I

= -

:
I

Ground
Cold
Hot 14~/

I
\

25-way, male

Ground D-type connector

Cold
Hot

Ground
Cold
Hot

Adapter cable connections for connecting the inputs or outputs connector to eight XLRs, using the standard “Tascam” pinout configuration.
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Pinouts for the remote status connector

Wire up the LED remote status cable as shown below. The LEDs should be suited to a 5mA current.

X
%
MUTE (5)I< @_
b o
+48V (6)|< 3 @_
MUTE (7)|< 3
x—® 2

+48V (S)K @“

%/

_@

_@

*‘*.......*‘*
79000000000

R
+48V (7)\2‘ MUTE (8) @
| 15

i —

+48V (5)& MUTE (G)K @_
3 &

+ X (19

MUTE (4)] @_

;I/I +48V (4)

;)'; MUTE (3)
_@@ N ;I/| +48V (2)
J ;ﬁ MUTE (1) +

Rear of female D-type
socket connector

V]

21

& —
24 f/ T48V (1)
23 N
MUTE (2)
2 %

kS

N +48V (3)

Pinouts for the remote status 25-way D-type chassis connector
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DL452 digital /0 module

The DL452 digital 1/0 module provides four (stereo) AES/EBU inputs and outputs. Its rear panel houses these 1/0s in four pairs. Each input has a check and a sync LED
and each output has a check and a mute LED.

Each AES/EBU input can run at sample rates up to 96kHz (44.1Hz, 48kHz, 88.2kHz and 96kHz) using a sample rate converter (SRC). If the digital input is synchronous
with the system clocks, the SRC can be bypassed to remove approximately 1ms of delay, which is inherent in the sample rate conversion process.

Each AES/EBU output can also run at sample rates up to 96kHz by using an (SRC). There are two potential clock sources for the digital outputs: the system and the
coinciding digital input. When using the system to drive the digital outputs, the output SRCis bypassed and the sample rate of the output is matched to the system.

When the digital input clocks are used to drive the digital outputs, the SRCis enabled and the audio output is converted from the sample rate of the system to the
sample rate of the digital input.

DL452 module connectors

Item Description
1 Four pairs of digital AES3 (AES/EBU) XLR inputs and outputs.
Green check LED illuminates to show when a channel is selected on the console. These
2 ) ; ;
are controlled by the console and are used as a visual aid to locate specific connectors.
3 Red sync LED illuminates to show that a valid AES3 connection is present on the
digital input.
4 Red mute LED illuminates to show when the channel is muted on the console.
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[ DIGITAL BACKPLANE SIGNALS
LOCAL
PL |
h SYSTEM
WORD CLOCK
> . 125
Digital Audio Out
—) 125
) Digital Audio In
- M [ ADDRESS
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SYSTEM
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| FPGA 1
: : AUDIO : '
REMOTE  SYNC v Output SYSTEMS  nput v MUTE  REMOTE
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Functional block diagram of the DL452 module showing 1 of 4 channel pathsv
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Appendix F: Replacing A Module

This appendix provides instructions on replacing a module on the rear panel of the PRO X Control Centre.

Replacing a module

The design of the PRO X Control Centre makes I/0 module replacement very easy and straightforward. The /0 modules are situated at the rightmost side of the
rear panel of the PRO X Control Centre, as shown below.

I
1/0 modules (3-off)

Typical rear view of the PRO X Control Centre showing the position of the three slots for the configurable I/0 modules

There are three module positions and any of the modules mentioned in Chapter E “I/0 Modules” can be fitted. Each position has rack guides so that the modules can
slide easily in and out. Each module is securing with two screws.

>> To remove a module
1. Switch off and electrically isolate the PRO X Control Centre, as detailed in “Powering the system” in chapter 4.
2. Remove the two securing screws from the left and right sides of the module you want to remove, as shown in the diagram below.

Module securing screw Module securing screw

Circular machined post Circular machined post

Position of the module securing screw and circular machined post at either end of a module (rear of PRO Series Control Centre)
3. Using both hands, take hold of the circular machined posts and ease the module out of the slot.

>> To fit a module

1. Make sure the PRO X Control Centre is switched off and electrically isolated; see “Powering the system” in chapter 4.
2. Offer up the rear of the module to the aperture in the module slot.

3. Carefully ease the module into the slot and then push it all the way in until it reaches its fitted position.

Caution:
Be careful not damage the inside of the slot or the module itself by using too much force when pushing the module into the slot.
If you feel some resistance, remove the module and try again.

4. Switch on the PRO X Control Centre (see “To switch on the control centre” in chapter 4) and check that the module is functioning correctly.

The PRO X Control Centre recognises the type and position of every module in its 1/0 rack. However, after fitting a new module, you may need to configure some of its
options; see Chapter 27 “Changing The User Settings”.
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Appendix G: Troubleshooting

This appendix gives details of problem diagnosis and rectification.

To help guarantee system robustness and reliability — probably the fundamental requirements for live performance consoles — it is imperative to be able to test
and diagnose problems with any part of the system easily. The software of the PRO X has built-in tests to cater for this, but there are also external diagnostic facilities
available when these tests are cannot be carried out.

No audio

If you have set up your system and followed all of the instructions for obtaining audio, but you are not hearing anything through the speakers, check the following:
o Make sure the appropriate ST buttons in the input fast strips are on (see “Masters sections and pan control” in chapter 30).

o Make sure the appropriate ST buttons in the source a/b panels (monitors section of the master bay) are on (see “solo (a and b) sections” in chapter 14).

o Make sure nothing is muted.

o Make sure no faders are set to minimum.

o (Check that the VCA/group master faders are at unity gain.

o Usesolo at selected points in the signal path to try and pinpoint where the signal is being lost.

o (Check for correct signal routing by making sure channel sources/destinations are correctly assigned.

If you still don’t have any audio, contact MIDAS Technical Support.

Diagnostics

You can view the Diagnostics screen to get an overview of the current health and status of the system. The Diagnostics screen shows real-time connectivity of the
system, the health of connected nodes and whether a device is configured or not.

The status LED at the top of the screen, which is constantly displayed while the control centre is switched on, is linked to the status of individual items on the
Diagnostics screen. You can click on it to see what is causing the error.

N @™ Diagnostics T

Redeploying: 0 %

Unconfigured Configured Link Stage Router FOH Router ‘ Link Unconfigured 2
— - —_— — = - =

An example of the Diagnostics screen, showing the three types of device condition.

Item Element Description
1 CONFIG Opens the AES50 Device Configuration window (see Figure 14 “Typical AES50 Device Configuration window”
button in chapter 8)

The columns house the following: Unconfigured contains any units that have not been configured during the
patching procedure; Configured contains configured units; Link shows the router/unit connection; Stage
Router/FOH Router contains the appropriate router and any associated rack units; and HyperMac shows the
router/router connections.

2 Column titles

(EN
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EN ) The colour of each device, together with its link (if applicable), indicates its current status, as shown in the following table.

Description Unit status Connection of Connection of
P active link inactive link

BOth theunit and Good Good Good

link are green

Unitis green and

the link is red Good Bad Not known

l?nit.is fedand the Malfunction Good Not known

link is green

E.;Oth the unitand Not known Bad Bad

link are red

There is also an amber condition, which means that the item(s) is in error, but is not contributing to the audio.

Viewing the status of the master controllers is particularly important, especially when you wish to swap the active master controller (see “Swapping the active
master controller”), as it shows you which master controller is currently controlling the network.
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About the Diagnostics Inspector window < EN

Clicking an item in the Diagnostics screen will open its Diagnostics Inspector window, which provides detailed information, particularly if the item has an
error condition.

a

Device Type: DLY8LDLII02 Signal Router
Device iy &
P Address: 192.168.128.1

Located at: FOM
Running for: 3h Im 4958

MMAC audio ik in use: X
HMAC X transmet power: 8.34
WMAC T waeive pewer ©30
HMAC ¥ transmit power: 0,32

e ————— ————

Typical Diagnostics Inspector window with the ‘ignore’ buttons at the lower right corner

The ‘ignore” buttons of the Diagnostics Inspector window let you configure the PRO X to ignore errors on selected/all items. This is an important
feature because there may he times when you are quite happy to work with a known error(s), but will want to know when a new error occurs.

Note: Diagnostic Inspector windows are primarily for use by MIDAS service and software engineers. By providing useful information, such as device health and status,
they aid fault diagnosis and rectification, and may help solve any problems that may arise. Apart from using the ‘ignore’ buttons, it is unlikely that operators of the PRO Series
Control Centre will ever need to use this function.

Swapping the active network
In the highly unlikely event that the active network (X or Y) develops a malfunction, the console will swap over to the standby network.

Note: The swap function does not swap control data, as this non-audio data finds its own way through the network. This allows the router to swap to the inactive link, even if
the active link is broken or removed.

>> To check the health of the active network

At the GUI, open the Diagnostics screen by choosing home » Diagnostics, and then check the status of the active HyperMac link. If it is green the link is good,
butifitis red there is a problem.
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Swapping the active master controller
Although it is highly unlikely that the active master controller (MC) will develop a malfunction, should it ever happen you will need to activate the standby MC.

>> To swap the active master controller

1. Atthe GUI, choose home » Files.

2. Click FILE SYNC.

3. Inthe Master Controller File Synchronisation window, click the MAKE ACTIVE button of the standby MC (shown below). This will become the active one.

_—
4= MAKE ACTIVE

W= Files

Control Surface

il SYNC
dkFiLE svne

Elements of the Files screen and Master Controller File Synchronisation window used for swapping the active MC

Synchronising the files

In exceptional circumstances the files may be out of synchronisation. For example, after a new MC has been fitted and the system cannot determine which MC to use.
In this case you can choose which files you want synchronised.

>> To choose which file you want synchronised

1. Atthe GUI, choose home P Files.

2. Click FILE SYNC.

3. Inthe Master Controller File Synchronisation window, click the MAKE ACTIVE button of the MC containing the files you want to synchronise.
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Mapping a GUI screen to another bay

Animportant redundancy feature of the control centre lets you map either of the GUI screens to its adjacent bay (mix or master). So, in the unlikely event either of the @

GUI screens should fail, the other one can take its place if necessary.

>> To re-map a GUI screen

1. Atthe GUI screen you want to re-map, choose home » Preferences P General and then select the Configuration tab. Current mapping is indicated by the
translucent red rectangle. For example, in the diagram right the GUI screen is currently mapped to the mix bay.

2. Inthe Bay IDsection diagram, click within the other by area. For example, click the master bay (shown below). The red translucent highlight will now move to the

master bay.
3. Choose home » Default.

Bay Select

Bay Select

passanatesdd

Troubleshooting automation

This section explains the error messages that you may see when using the control centre’s automation.

Error messages

Error messages, which can appear when you are accessing the Files or Automation screens, provide useful information on the condition that triggered them. Due to the
way the filing and automation systems interact with the internal processing system of the control centre, not all error messages are indicative of a problem; some may

appear due to the current state of the system and just require a retry of the operation.

Error messages comprise two components — a first line of text containing the error condition, followed on the next line by a description of the error (prefixed by the
text “response:”). The error condition text indicates the operation that may have triggered the error message, while the error description text explains the reason for
failure and, in some cases, also provides information that may be useful to service engineers. The following diagram shows a typical error message.

i, S, B . B B B . i B B B e e, S i
Ii

Failed to delete point scene

Error condition

response: immutable scene (cannot delete 'safe’ or 'current’ scene)

e =

VTV

A0 A s S, e o B o I Ml e e B .

Typical error message window showing the main elements

>> To proceed after an error message appears
1. Heed the error message.
2. (lick OK.

Error description

3. Take the appropriate action for that particular error. Refer to Table 21 “List of error condition messages” and Table 22 “List of error description messages”.
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Automation error messages

An automation error message may be generated by any of the following:

An attempt to perform a copy and paste is ignored.

Attempting to assign notes to a scene. The text “There was an error setting the scene note” will be displayed.

An attempt to assign MIDI data to a scene is ignored.

An attempt to set the navigation mode, that is, switching rehearsal mode on or off, is ignored.

An attempt to skip/unskip a scene or point scene; see “Rehearsals”.

An attempt to assign the default store option is ignored.

An attempt to assign the rehearsal mode state for all scenes is ignored. (This functionality is not available to the user.)
An attempt to set the MIDI navigation mode is ignored. (This functionality is not available to the user.)

An attempt to modify the scene list mode is ignored.

Error condition messages

The following table contains the possible error condition messages for both the file and automation systems. These messages comprise the first line of the error
message as they appear on the GUI.

Table 21: List of error condition messages

System Type Error Message Fault Condition
File Failed to copy file Attempting to copy a file.
File Failed to delete file Attempting to delete afile.
File Failed to rename file Attempting to rename a file.
Automation Failed to copy point Attempting to copy one point scene to another.
scene to point scene
Automation Eﬁg;? focreate anew Attempting to create a new show.
Automation Egélsg to delete point Attempting to delete a point scene.
Automation Failed to expand Attempting to expand point scene range, that is, by inserting an extra 10 point scenes, for example,
point scene range expanding scene 10.00 will add point scenes 10.10, 10.20 etc., up to 10.90.
. Failed to initiate point |  Attempting to initiate point scene storage, that is, when clicking Store on the GUI. (A successful outcome
Automation . ) P
scene storage is to display the ‘Store” window.)
Automation E?gﬁg toinsert point Attempting to complete point scene storage by clicking OK after selecting “Insert before scene”.
Automation Failed to load show Attempting to load a show file.
Automation E?«Ielr?g torecalllast Attempting to recall the previous scene to the control surface.
Automation Eglslr?g torecall Next Attempting to recall the next scene to the control surface.
Automation ESS:S torecall Now Attempting to reload the current scene or the current jog scene (if any) to the control surface.
Automation Fal.led torename Attempting to rename a point scene.
point scene
Automation Failed to save file Attempting to save a currently loaded file.
. Failed to save file to Attempting to save a currently loaded show file to another file name, that is, by using the Save As
Automation
new name button.
Automation Failed to store point Attempting to complete point scene storage by clicking OK after selecting “Store to empty scene”,
scene “Overwrite scene” or “Store to empty scene”.
Automation Failed to unexpand Attempting to unexpand point scene range. This is the opposite of expanding the point scene range

point scene range

(immediately above) and can only be carried out if the 10 point scenes to be unexpanded are empty.

Error description messages

The following table contains the possible error description messages for both the file and automation systems, which will start on the second line of the error

message. The “Error Message” column in the table contains the error message text that immediately follows the “response:” text. For ease of reference the table lists

the error messages in alphabetical order.
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Table 22: List of error description messages

Error Message ‘ System(s) Problem Solution

hexadecimal number

<error code in
hexadecimal>
unknown error code

File and Automation

Indication of a possible system error.

Note down the hexadecimal value of the error code and
contact MIDAS Technical Support, giving them this value.

a

artefact clone policy
violation

File and Automation

The cloning of this artefact (file type) is
not allowed.

Avoid using this type of operation.

artefact creation
policy violation

File and Automation

The creation of this file type is not
allowed.

Avoid using this type of operation.

artefact deletion
policy violation

File and Automation

The deleting of this file type is not
allowed.

Avoid using this type of operation.

artefactimport
violation

File and Automation

The importing of this file type is not
allowed.

Avoid using this type of operation.

artefact load policy
violation

File and Automation

The loading of this file type is not
allowed.

Avoid using this type of operation.

artefact rename
policy violation

File and Automation

The renaming of this file type is not
allowed.

Avoid using this type of operation.

artefact replication
policy violation

File and Automation

The replication of this file type is not
allowed.

Avoid using this type of operation.

artefact save policy
violation

File and Automation

The saving of this file type is not
allowed.

Avoid using this type of operation.

attempt to overwrite .
existing data The operation to save or copy to the
. File and Automation existing file is not allowed, as files Avoid using this type of operation.
(overwrite not )
cannot be overwritten.
enabled)
b
Operation could not be carried out If the device is the internal compact flash of the PRO Series,
because the device, that is, the internal this could be an indication of a serious problem. Contact
bad device File and Automation compact flash of the PRO Series or USB MIDAS Technical Support.
memory stick (if connected), does not If the device is the USB memory stick, check that the device
contain the required directory structure. has not been disconnected from the control surface.
bad device ID File and Automation The deylce identifier has not been If youare exporting a.ﬁle to a USB memory stick, check
recognised. that it has not been disconnected from the control surface.
. This is highly unlikely to occur in practice, but is
bad directory File and Automation The ﬁ.l e system path does not terminate an indication of a serious error. Contact MIDAS
ina directory. .
Technical Support.
. This is highly unlikely to occur in practice, but is
bad file File and Automation |Tr:]§ 2:: system path does not terminate an indication of a serious error. Contact MIDAS
' Technical Support.
The file has been detected as not
valid. Preferences, preset library and
show files are validated by comparing . . . .
bad file artefact File and Automation their actual attributes against the Try again. Iftill unsuccessful, and ifthe fle is a showfile

corresponding fields stored in the
header of the file, such as, file size,
checksum etc.

try a backup file, if one is available.
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Error Message

System(s)

Problem

Solution

bad file version

File and Automation

The preferences, preset library or show
file could not be opened because its file
header version field was not valid.

Try again. If still unsuccessful, and if the file is a show file,
try a backup file, if one is available.

bad path

File and Automation

Afile or directory is missing.

This is an indication of a serious error. Contact MIDAS
Technical Support.

The scene’s point scene ID cannot be

bad point scene ID File and Automation found. Try again.

4

clib file error File and Automation (ritical internal error. This s indication of  serious error. Contact MIDAS
Technical Support.

c-lib error File and Automation Critical internal error. Thisis an indication of a serious error. Contact MIDAS

Technical Support.

clib process error

File and Automation

(ritical internal error.

This is an indication of a serious error. Contact MIDAS
Technical Support.

d

device utilisation
policy violation

File and Automation

The device is full.

If necessary, backup some files and delete them from the
device to free up some memory.

e
empty point File and An attempt was made to Try again. If unsuccessful,

) ) . . . and if the file is a show file, try a backup file, if one is
scene index Automation navigate an empty point scene index. available

. . ) I This is an indication of a serious error. Contact MIDAS
eventis already active | Automation (ritical internal error. :

Technical Support.
f
failed to add to lock A device or file could not be ‘locked” to Although, in practice, it is highly unlikely to occur, this
File prevent another task accessing it while error may indicate a serious system failure. Contact MIDAS

list

itisin use.

Technical Support.

failed to add scene

File and Automation

The scene could not be added.

Try again.

failed to allocate

The MCwas unable to allocate sufficient

Switch off the PRO X Control Centre and switch it back on

Automation again. If the problem persists, it could be an indication of a
memory memory (RAM) to complete the task. serious error. Contact MIDAS Technical Support.
failed to configure . The ‘copy and paste through scenes’ Try again. If repeated attempts fail, contact MIDAS

Automation N :
scope mask operation failed. Technical Support.
failed to create show Automation A new show could not be created. Ty again. If repeated attempts fai, contact MIDAS

Technical Support.
failed to deschedule . s This is an indication of a serious error. Contact MIDAS

Automation (ritical internal error. .
event Technical Support.
failed to schedule . - This is an indication of a serious error. Contact MIDAS

Automation (ritical internal error.

Technical Support.

event
i

immutable scene
(cannot delete ‘safe’

File and Automation

The operation on the current or safe
scene is not allowed. The safe scene
cannot be edited or deleted and you
cannot store to it. Also, you cannot

Avoid using these types of operation.

or ‘current’ scene) delete the scene last recalled to the
control surface. (Precludes the use of the
Now button.)

J

jog position is empty ‘

Automation

The current scene is empty.

Avoid this type of operation on an empty scene.

m

missing file

File and Automation

The required file cannot be found.

Try again.

missing navigation
state

Automation

Critical internal error.

This is an indication of a serious error. Contact MIDAS
Technical Support.

mtools lookup

File and Automation

(ritical internal error.

This is an indication of a serious error. Contact MIDAS
Technical Support.
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Error Message System(s) Problem Solution
n
Automation manager does not have Try again or try switching off the PRO X Control Centre and
no (BMA access Automation access to the current control surface then switching it back on again. If the problem persists,
settings. contact MIDAS Technical Support.
There is no next scene relative to the
current position in the scene list. This is
no next scene Automation generated by recalling the next scene Avoid this operation on the last scene in the cue list.
when the current scene is the last in the
scene list.
There is no previous scene relative to the
current position in the scene list. This is
no previous scene Automation generated by recall the last scene when Avoid this operation on the safe scene.
the current scene is 00.00, that is, the
safe scene.
. The scene contains no scene notes or Only carry out this type of operation on a scene that
no scene data Automation .
MIDI data. contains scene notes or MIDI data.
no show loaded Automation There is no show loaded. Only carry out this type of operation with a show loaded.
notin storing state Automation The Automation System was Try again. If repeated attempts fail, contact MIDAS

momentarily unable to store a scene.

Technical Support.

This is an indication of a serious error. Contact MIDAS

null pointer File and Automation (ritical internal error. ;
Technical Support.
p
persistent storage : . The GUI or one of It? subsystemsis out Update the GUI and its subsystems. If the problem persists,
File and Automation of date and cannot interpret the new )
error contact MIDAS Technical Support.

failure modes.

point scene index
continuity error

File and Automation

The show file being modified is
damaged.

This is an indication of a serious error. Contact MIDAS
Technical Support.

point scene index
integrity error

File and Automation

The show file being modified is
damaged.

This is an indication of a serious error. Contact MIDAS
Technical Support.

point scene insert
error

File and Automation

Failed to insert a point scene.

This is highly unlikely to occur in practice, but is
an indication of a serious error. Contact MIDAS
Technical Support.

portable scene format
conversion error

Automation

The attempt to load a show, which
was last saved by an MCbuilt with a
different enum version, failed during
the scene conversion stage of the
loading process.

Try again. If repeated attempts fail, contact MIDAS
Technical Support.

required device has

Another task is currently accessing
file(s) on the device, that is, the internal

files that are in use File and Automation compact flash of the PRO Series or USB Try again.
memory stick (if connected).
Another task is currently accessing the

required device is File and Automation device, that s, the internal compact Try again

locked

flash of the PRO Series or USB memory
stick (if connected).

s
' The scene cannot be stored to the show If necessgry, delete o‘ne or more of the pther scenes.

scene capacity File and Automation file. as it already contains the maximum The maximum capacity for a show file is 500 scenes for

violation ! y a 512 MB master controller (MC) and 1000 scenes for a

number of scenes allowed.

1GB MC.

scene UID error

File and Automation

The file being modified is damaged.

This is an indication of a serious error. Contact MIDAS
Technical Support.

shell command error

File and Automation

This is a critical internal error.

This is an indication of a serious error. Contact MIDAS
Technical Support.

(EN



246 PRO X User Manual

EN)

Error Message

System(s)

Problem

Solution

source point scene is
empty

Automation

Specified source scene is an empty ‘slot”.

Only carry out this type of operation on a scene that is
not empty.

specified file is
already locked

File and Automation

Another task is currently accessing
thefile

Try again.

specified file was not
found

File and Automation

The file could not be found on the
specified device, that is, the internal
compact flash of the PRO Series or USB
memory stick (if connected).

If the device is the internal compact flash of the PROX,

this could be an indication of a serious problem. Contact
MIDAS Technical Support.

If the device is the USB memory stick, check that the device
has not been disconnected from the control surface.

stdio stream error

File and Automation

This is a critical internal error.

This is an indication of a serious error. Contact MIDAS
Technical Support.

stdio stream open
error

File and Automation

This is a critical internal error.

This is an indication of a serious error. Contact MIDAS
Technical Support.

stdio stream seek
error

File and Automation

This is a critical internal error.

This is an indication of a serious error. Contact MIDAS
Technical Support.

storage policy

File and Automation

There has been a ‘storage policy’
violation. (This is not necessarily a

Ensure that all software components are up to date. If the

violation o problem persists Contact MIDAS Technical Support.
critical error.)

t

the <file/

automat|9n> File and Automation The Sy;tem Manager is momentarily Ty again.

manager is not unavailable.

registered

u

unknown parameter . A parameter with a value that was not Try again. If this occurs again, contact MIDAS Technical
Automation . .

enum value valid was supplied to the MC. Support.
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Appendix H: Updating PRO X Host Software

This appendix shows you how to update the host software of the PRO X and also its associated networked devices.

About the PRO X updater

The PRO X has an update facility that provides an easy and straightforward method of updating your system by letting you install the latest version of host software on
the PRO X Control Centre and also any networked DLnnn units.

Basically, all you have to do is insert a memory stick containing a file of the latest version of host software, select this file via the updater option from the GUI menu
and then start the updater. The updater then installs the latest host software on the control centre and any DL /0 units connected in the system, while displaying the
progress on the special updater screen. When the updater has finished and you have exited from the updater screen, the PRO X Control Centre will automatically power
cycle for the upgrade to take effect. Your system should now be fully up to date.

By using the updater, you can install an earlier version of the host software on your system if you should ever need to.

About the updater screen

During installation the updater screen will appear. This screen lets you select the system devices you want to upgrade and then start the update procedure. During the
update, it shows you how the procedure is progressing.

Unit Status - Update in progress 12
13
14
Figure 43: A typical updater display
Item Element Description
1 Menu Updater menu.
2 Quit button This updater menu button exits the updater.
3 Select All This updater menu button selects all MIDAS devices connected (and detected) in the PRO Series Live
button Audio System.
4 Remove All This updater menu button deselects all selected MIDAS devices connected (and detected) in the PRO Series Live
button Audio System.
5 l';ll?t(ti::e Now This updater menu button starts the update procedure.
6 Pointer The shape of the pointer is an arrowhead N, but this changes to a rotating roundel @ during the
update procedure.
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Item Element Description
Updater
7 version Shows you the PRO X host software version that the system will be updated to.
information
8 Device block See Table 23 below.
This green bar shows the progress of the current task in the update procedure, as indicated by the text
’ Status bar immediately above.
10 Device area This area contains device blocks that each represent an item of equipment in the PRO Series Live Audio System.
1 Upit Status This. window, which opens when you move the pointer over a device, gives you detailed information on the
window device's update progress.
12 Text Window name followed by device update status information.
13 Text Detailed file information and installation status.
14 Text Shows the build that the device will be updated to.

Each device block on the updater screen represents a possible or actual device connected in the system. The number inside the device block is the device’s ID, and the
colour of each device block indicates its update status. The following table explains what each device block condition represents.

Table 23: Description of the updater screen device blocks

Device block Description

: Grey background — appears during the updater’s ‘triggering upgrade client’ procedure. If its appearance doesn’t change
throughout the update procedure, either there is no device connected in this position or one has not been detected.

Blue background without roundel — appears after the updater’s ‘triggering upgrade client’ procedure has finished to show you that
there is a device connected in this position.

-

Dark blue background with roundel — appears after this device has been selected for update.

Gold background with roundel — this device is currently being updated.

Green background — this device has successfully been updated.

Red background — this device’s update has failed.

Thisis an 1/0 device block, which has the unit type at the top.

Using the PRO X updater

This section shows you how to update your PRO X Live Audio System. However, before you begin there are a few things you will need and some things you must do.

What you will need
Before you begin, check that you have the following:

o USB memory stick The USB memory stick (flash drive) must have enough memory to store any shows that you will need to backup, plus an additional 150MB of
memory for the update package (that is, the file with a .tar extension). It should also preferably be of USB 2.0 specification.

» Stable mains supply If the power drops at a critical point during the update, it is possible — although unlikely — that this could cause some of the system
components not to function. A warning window opens before you start the update procedure to remind you of this.

Preparation
Before you begin, do the following:

o Backup your shows It is likely that any shows will be erased when you power cycle the PRO X Control Centre following an update. We therefore recommend that
you backup your shows onto the USB memory stick (see “Saving your show files to a USB memory stick” in chapter 9), and then copy them onto a PC. You will be
given the chance to do this during the update procedure, just before the update begins.

o Check that everything is connected Make sure that everything on the system is correctly connected, configured and functioning properly. Do this by checking
the Diagnostics screen (see “Diagnostics” in Appendix G).

o Switch off speakers During the update procedure the DSP and AES routing may perform a number of resets during which the audio may not be in a controlled
state. We therefore recommend that you switch off any speakers connected to the system.

o Make sure you have enough time The update procedure may take quite a while to complete, so make sure you have enough time before you start; a warning
window during the update procedure will remind you of this. We do not recommend carrying out an update just before a performance.

o Configure the USB memory stick Create a folder at the top level (root directory) of your USB memory stick called “DL3Upgrades”. Then, copy the latest update
file (DL3xxx.tar) into it. NOTE: The folder is case sensitive and must be created as stated, “DL3Upgrades”.
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Updating your system

WARNING!
& UPGRADING YOUR SYSTEM WILL CAUSE THE CONSOLE TO LOSE SYNCHRONISATION, WHICH CAN RESULT IN LOUD NOISES FROM THE SYSTEM.

ALWAYS MUTE THE PA AT THE AMPLIFIER/SPEAKER BEFORE UPDATING YOUR SYSTEM.

Caution!
& Do not switch off the power to any of the system devices while the PRO X Control Centre is carrying out the installation of the host

software.

The installation process is carried out with the PRO X Control Centre fully powered up and operational.

>> To update your PRO X Live Audio System with the latest version of host software

1.
2.
3.

Mute the PA at the amplifier/speaker. Refer to the WARNING at the beginning of this section.
Insert the USB memory stick into the active USB socket of the PRO X Control Centre (see “Saving your show files to a USB memory stick” in chapter 9).
Depending on how many .tar files there are in the “DL3Upgrades” folder of the USB memory stick, one of the following will happen:

Ey )

«  One .tarfile The “Run upgrade utility?” window (shown right) wiv/en.

o More than one .tar file The multiple upgrades window will open, which contains the text: “Multiple Upgrades found. Select the required upgrade from the
Preferences> Upgrade menu”.

Do one of the following:

e aain Al Gkl AW Akl Raskad W

o Inthe “Run upgrade utility?” window, click OK. (Clicking Cancel will cancel the update procedure.)

o Inthe multiple upgrades window, click OK. Then, at the appropriate GUI screen, choose home » Preferences » Upgrade and click on the latest host
software .tar file (as shown right).

The updater will be launched, displaying the following in the upper-left corner of the screen.

The “PREPARING UPDATER” screen will open, and the status bar text will inform you of the updater progress.
When the updater preparation has finished (as shown right) the status bar text will read “Select items for upgrade”.
Select the devices you want to update by doing any of the following:

o Selectall Itis most likely that you will want to select all of the devices, so click Select All.
o Selectasingle device To select a single device, click its device block.

o Deselect asingle device To deselect a selected device, click its device block.

o Deselect all To deselect all selected devices, click Remove All.

(EN
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E N ) 7. Click Update Now. The following warning window will open.

Warning - Pov

SRR s T s T S e e e Dty e

Window with a warning about the mains power supply. Please read and observe before continuing with the update procedure.

8. (lick Upgrade now.

yvou like to backup your shows?

| M e ¥ Y S PR .

Window asking about backing up your shows and preferences

9. Do one of the following:
« To continue without backing up your shows/preferences, click No Thank You.

o Choose whether the console should reset after upgrade.

Caution!
Backing up your shows at this point by clicking Yes Please overwrites any existing shows (.tar files) on your USB memory stick, even if
they are for other types of MIDAS digital consoles.

o Ifyouwantto back up your shows/preferences, click Yes Please (see Caution above). The PRO X Control Centre will automatically write its show/preferences files
to the USB memory stick, overwriting any existing ones.
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The update procedure will then automatically start by uploading files to the GUI/MC (as shown right).

During the update procedure, leave all of the system devices switched on (see the Caution at the start of this section).

Throughout the update procedure the device blocks will change colour according to their update status (see Table 23 “Description of the updater screen
device blocks”). The status bar will show the progress of the current action.

When the update procedure has finished, an Upgrade complete window will open (as shown right).
10. Click Ok to close the Upgrade complete window.

11. Click Quit. The PRO Series Control Centre and all the units will return to normal operating mode.
If any units have failed to update, instead of clicking Quit you can select them and start the update procedure again.
12. Power cycle the system by switching the PRO X Control Centre and all of the system units off and then on again.
13. When the system has powered up fully and the control centre is ready for normal operation, repeat step 12 to ensure that the licensing system is enabled.

>> To update your PRO X Live Audio System with a previous version of host software

The procedure is the same as if you are installing the latest version of host software (as detailed above), just select the file of the older software version you want from
the home » Preferences » Upgrade submenu instead of the latest one.
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Appendix I: Documentation

Please see midasconsoles.com for additional documentation for all of the Pro X consoles and the Pro family I/0 boxes.
This chapter gives details of all the user and supplementary documentation for the PRO X Live Audio Systems.

All of the documents mentioned in this chapter are currently supplied with the PRO X Live Audio System. They are supplied electronically in portable document format
(PDF) on appropriate media.

System user documentation
The following table shows the suite of MIDAS PRO X Live Audio System documentation.

Document Name Description Part Number
PROXLive Audio Systems | | yser instructions for the PRO X Live Audio Systems (PRO3, PROG and PROY). DOC02- PROSERIES
Owner’s Manual

PRO3 X Centrg Quick Contains quick system set-up and operation instructions for the PRO X Control Centre. D0C04-PRO3
Reference Guide

DL251 Audio System /0 Full user instructions for the DL251 Audio System 1/0. D0C02-DL251
Operator Manual

DL351 Modular /0 Full user instructions for the DL351 Modular 1/0. DOC02-DL351
Operator Manual

DL371 Audio System Engine Full user instructions for the DL371 Audio System Engine. D0C02-DL371
Operator Manual

DL431 Mic Splitter Full user instructions for the DL431 Mic Splitter. DOC02-DL431
Operator Manual

DL451 Modular 1/0 Full user instructions for the DL451 Modular 1/0. D0C02-DL451
Operator Manual

GNU General Public License S . - .

(6PL) Booklet Licensing information for MIDAS Digital Equipment. DOC04-GPL

Supplementary documentation

This section lists all the supplementary documentation available for the PRO X Live Audio Systems, which comprises manuals from the standard MIDAS and
KLARK TEKNIK range of products. These documents are included as reference material to accompany the PRO X user documentation, particularly for the GEQs and
internal effects.

o KLARK TEKNIK DN370 Graphic Equaliser Operator Manual, part number DOC02-DN370C.

o KLARK TEKNIK DN780 Digital Reverberator/Processor Operator Manual.

o KLARK TEKNIK Square ONE Dynamics Processor Operator Manual, part number DOC02-SQ1DYNAMIC.
o KLARK TEKNIK DN9331 Rapide Graphic Controller Operator Manual, part number DOC02-DN9331.

o KLARK TEKNIK DN9696 Recorder Operator Manual, part number DOC02-DN9696HM.
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Appendix K: Parameters Affected By Scope

This appendix shows the parameters affected by scope.

Note: The parameter areas for the scopes (recall and store) and the safes are basically the same. However, the way they are presented in this manual in their respective
appendices is different. This may provide you with a useful alternative when referring to this material, should you prefer one more than the other (see Appendix M
“Parameters Protected By Safes”).

Introduction

This appendix shows you which parameters are or are not scoped when you select the parameter sections in the channels, buses, groups, effects and GEQs on the
Recall Scope and Store Scope screens.

There is a section for each area (channel, bus, group, effect and GEQ) on each scope screen, and these sections are then subdivided according to the processing areas in
the fast/channel strips on the control surface and GUI.

The following diagram shows typical examples of PRO X Recall Scope and Store Scope screens (with no parameter sections selected), and the table to the right
shows what the symbols in each section mean. In the table the orange letters in the Ref. column are used in the tables throughout this appendix to help you quickly
identify the parameter sections.

WSS ®™ Recall Scope

LT o CErrTTTE EEErET
-l R ]
ITIITTE OO ST

]

Wi @™ Store Scope

T OOEEEENER  CEEECEET FICCIEE  CCECEIEE  GEEEEEET
IIEIIET  COEREERE  EEEEETTT

In the tables in this appendix: Yes = scoped, No = not scoped and N/A = not applicable.
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Inputs

EN)

Routing (A)

Mic Amp (C)

EQ (D)

Dyn (E)

Busses (F)

Mu

Fader (H)

Parameter sections per input channel.

Patching

All (B)

te (G)

Each scope screen has an Input Channels section that contains all of the PRO X's input channels.

Input channels

TCICECEEELDE  CEEErLhr

The following diagram details the scoped patching parameters of the input channels.

MM mg N ® >

T

B @™ Consd

== 5
32 0°fP 0 0.

, 8dd oo 5 © oo
000
o T
000

[

0

Configuration
processing area in GUI
channel strip

Item

Parameter

1

Input patching source

Yes* | Yes* | No NA | NA | NA | NA

*Includes tape return and primary input sources.
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Configuration
The following diagram details the scoped mic parameters of the input channels.

] Input channel Configuration

|-| overview in GUI processing area in GUI
A — channel strip channel strip

irect oul
B = BN @™ Overview
C I
DL251B 1 (inl) ||l ource]
D 3
:
i E 10
G T T T - o 5
".‘o.‘--‘oﬂ- ‘won'on'on’s mon'om’on’ I” || | : | |

H R momamane matamam eseseeel 12

oo Mo MooMomo MoRoMom, —w
e HooR

99 semmezs 13

 ddd 55 %6

2E

aux sends on detail area

n Pre

10 8 9 1 B a2

2532 [B3%0) |58

@556 (5764 16592

A B C D E F G H
Item Parameter . I . I
1 Mic gain* N/A | Yes Yes NA | NA | NA | NA | NA
2 Digital trim* N/A | Yes Yes NA | NA | NA | NA | NA
3 Direct output level N/A Yes Yes N/A N/A | NA | NA N/A
4 Direct output tap-off point N/A | Yes Yes N/A | NA | NA | NA | NA
5 Direct output mute N/A Yes No N/A N/A | N/A Yes N/A
6 Direct output patch destination N/A No No N/A N/A | NA | NA N/A
7 Input delay N/A | Yes Yes N/A | NA | NA | NA | NA
8 r”(;t‘;f;ig:f;f'°pe infoutand NA | Yes | No | Yes | NA | NA | NA | NA
9 rL(‘)’:’aV r‘)’,a;;nﬁt'rtoel“ slopein/outand NA | Yes | No | Yes | NA | NA | NA | NA
10 48V N/A | Yes Yes N/A | NA | NA | NA | NA
1 30Hz filter N/A | Yes Yes N/A | NA | NA | NA | NA
12 Input phase N/A Yes Yes N/A | NA | NA N/A N/A
13 Link N/A No No No No No No No
14 Processing order N/A Yes N/A Yes N/A | N/A N/A | N/A
15 Solo B assignment N/A No No No No No No No

*Depends on swap status.
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Dynamics

The following diagram details the scoped compressor and gate parameters of the input channels. Although it only shows the corrective compressor, it also applies to
the adaptive, creative and vintage compressors.

input channel Compressor Gate processing
|-| overview in GUI processing areain areain GUI
A channel strip GUI channel strip channel strip
N @™ Overvie
B 2
C
b g
E
F
G
H

Internal

-s0 25
threshold

1s 916 1724
2532 B350 |Bieg

@556 (5768 6592

sis sT

/

Item Parameter I I
m D =

Compressor: attack, release,

1 threshold, ratio/range/[ratio], N/A Yes N/A N/A Yes N/A N/A N/A
make up, KNEE, MODE

2 Compressor sidechain source No N/A N/A N/A | NA | NA N/A | N/A
Compressor sidechain: IN, freq,

3 and WIDTH N/A | Yes N/A | NA | Yes | NA | NA | NA

4 Gate key in source No N/A | NA | NA | NA | NA | NA | NA

5 Gate: attack release, hold, NA | Yes | NA | NA | Yes | NA | NA | NA

threshold, ratio/range/[range]
6 Gate sidechain: IN, freq, and WIDTH N/A Yes N/A N/A Yes N/A N/A | N/A
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Insert ( EN
The following diagram details the scoped insert parameters of the input channels, and shows the insert processing area in the GUI channel strip.
] input channel Insert processing
|-‘ overview in GUI area in GUI channel
A channel strip strip
B
C — — — W1 Mic 3 ™M Micl
|. input channel overview =
D El ; = , @ =
R L o2 % ==
E et ey ey = 3 —
a
F NI
00000000
G " 0 'nlu. ‘I
e

T

e

iE [ ode (1728

2532 o) Taiss
3556 5763 6572

Item Parameter I I
Bl e =

1 In/out Yes Yes N/A N/A N/A N/A N/A N/A
2 Insert send destination N/A No N/A N/A N/A N/A N/A N/A
3 Insert return source N/A No N/A N/A N/A N/A N/A N/A
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EQ
@ The following diagram details the scoped parametric EQ parameters of the input channels.

input channel EQ processing
|-| overview in GUI area in GUI
A channel strip channel strip
B
C
e AR 1
D : >
I
g (e B
F WRRE BRE BRRR —
: o = treble

G Il 111

00000000
H 2

parametric

hi mid

aux sends on detail area

On Pre

7| =

parametric EQ

treble @ O
o .’ =
lH-mld.O
) R
width =
T

1 [ode 1728

(@]

lo-mid
_/_
bass ©@ ;’

ass6 5a 6592

L]
[ 2532 [B5%0) [Ees)
L]
v
L]

1

Item Parameter I H
Eloe =

1 Allfilters: freq, gain, width, SHAPE N/A Yes N/A Yes N/A N/A N/A N/A
2 EQin/out N/A Yes N/A Yes N/A | NA | NA | NA
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Aux send

The following diagram details the scoped aux send parameters of the input channels. Although it only shows aux buses 1to 8, it also applies to aux buses 9 to 24.

G m mg N ® >

T

ol

“rgj‘ .

lomlom'on's Slom'on'om’e Blomlomlom's
R

CCO XXX XX L

2222082 4

bus sends

1/2

GUl input
fast strip

Micl

gain trim
200 w O

A B C D E F G H
Item Parameter . I H
1 Send level N/A Yes N/A N/A N/A Yes N/A N/A
2 Send pan N/A Yes N/A | NA | NA Yes N/A | N/A
3 Send pre-fader on/off N/A | Yes N/A | N/A | NA | Yes N/A | N/A
4 Send on/off N/A Yes N/A | NA | NA Yes N/A | N/A

You can scope individual bus sends. In column B (All), all sends are affected, and in column F (Busses),
individual sends can be scoped.

(EN
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Matrix send

The following diagram details the scoped matrix send parameters in the input channels. Although it only shows matrix buses 1to 8, it also applies to matrix buses
9t024.

_—
[ |
A
B e s .
- i 1| N N = GUlinput
E KL BREL R e _ fast strip
EEREEER RN s soncs, Micl
: i1z — IR > [
Soo nldIAIEE | " o 3
G EEEREE W [
o Mitx1
H [E =i
: : 3
L |

A B C D E F G H

Item Parameter I H
- @

1 Send level* N/A Yes N/A | N/A N/A Yes N/A | N/A
2 Send pan* N/A Yes N/A | N/A N/A Yes N/A | N/A
3 Send pre-fader on/off N/A | Yes N/A | NA | NA | Yes | NA | NA
4 Send on/off N/A | Yes | NA | NA | NA | Yes | N/A | NA

*Bus send levels/panning can also be adjusted via the input channel overview (GUI channel strip) by using drag in the aux and matrix panels.

You can scope individual bus sends. In column B (AIN), all sends are affected, and in column F (Busses), individual sends can be scoped.
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Fader
The following diagram details the scoped fader parameters (including master routing) of the input channels.

[ |
A
B .
input channel Masters processing
C overview in GUI area in GUI
D channel strip channel strip
- ho @™ Overvi
G [ ] 10
a
H ail e

womlomon's Somlomion's Blomlonon’s
0000000

ST
e
iyt sty it | o

‘LaLE LALE 1L [
I

lnser\‘ i
>

OO0 0000 0000

OFF

aux sends on detail area

On Pre

On) Bre

1 on bre

Pre
Pre
Pre

on
on
on
on
on

Pre

iE ode (1724 | = |
2532 [B390) [A1%8 916

4556 (5768 (6572 ===

sis =

Item Parameter I I
Efoe @

1 Stereo routing N/A Yes N/A | NA | NA N/A | N/A Yes
2 Mono routing N/A Yes N/A | NA | NA N/A | N/A Yes
3 SIS select NA | Yes | NA | NA | NA | NA | NA | Yes

(required for surround panning)

Pan (includes all surround

4 sound parameters} N/A | Yes N/A | NA | NA | NA | NA | Yes
5 Mono level/SIS pan N/A Yes N/A | NA | NA N/A | N/A Yes
6 Fader position N/A Yes N/A | NA | NA N/A | N/A Yes
7 Channel mute N/A Yes N/A N/A N/A N/A Yes No
8 Solo B assignment N/A No N/A | NA | NA N/A | N/A No
9 Channel name N/A Yes N/A N/A N/A N/A N/A No

10 Channel colour N/A Yes N/A N/A N/A N/A N/A No
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Returns (Aux Returns)

Each scope screen has 8 returns in the Aux Returns section.

Aux Returns

BN @™ Recall Scope

Parameter sections per return channel. There are eight returns per PRO Series Control Centre. This example is taken from a PRO9.

Patching

The following diagram details the scoped patching parameters of the return channels.

A
B
C AR1 AUXR1
D Unassiqnﬂl- | -I
F ]
G
] Configuration
H X processing area in
=1l GUI channel strip
ol ,, [EITTTTTTT]
A B C D E F G H
Item Parameter
+ i
1 Input patching source N/A | Yes' N/A N/A | N/A N/A N/A | N/A

1. Includes tape return and primary input sources.
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Configuration
The following diagram details the scoped areas of the mic section in the return channels.

DL351 DL431 Mic DL451 DL251Audio
A Modular I/0 Splitter Modular I/0 System I/0O
B
C
D
E
F
G
H

Unassigned

g g T o o |
WL BRL R =
dilile bl il = - —= input mode ——
NI T T O )
2900 2090 Bo00 (=588
omomlom's Wom'om'on's modomon's | =@ =
EXCICICNEICICICREICICION

oo Mo oMo MoMoRoo

womowom's wowomow's womowom's om0 &

=
=e CCCICCCLL]
33 3 £44E .»"°=-e.s|=|,|,|a|,|,|,|..

BAEE BEEE BEE [ 5% Ou n = = usl B33 Configuration

3666 6606 6666 | =8 a3 OOIITL processing area in
oo oo oeen | |, Coooeern) GUI channel strip

0;0;0;0; 0;0;0;0; 0;0;0;0; B8 D'0°0°0°0°D°0°0°0°0°

TS

Item Parameter

1 Input zone Yes Yes N/A | NA | NA | NA | NA
2 Link No No No No No No No
3 Gain of remote amplifier Yes Yes N/A | N/A N/A | NA | NA
4 48V phantom gain Yes Yes NA | NA | NA | NA | NA
5 30Hz filter Yes Yes | N/A | NA | NA | NA | NA
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Dynamics
Not applicable.
Insert
Not applicable.
EQ
The following diagram details the scoped parametric EQ parameters of the input channels.
| input channel EQ processing
|-‘ overview in GUI area in GUI
A channel strip channel strip
B
C
E T — =
F LG BREL BRRL — _
G K 5288 9898 LEEEEEEE U! |.|:':|. 3
; How >

| S

E

parametric

hi mid

I

i

parametric EQ

treble @ O
B .’ =
lH-mld.O
)
width =
T

e
lo-mid
_/_
bass @O ;’

1

Item Parameter

1 Al filters: freq, gain, width, SHAPE N/A Yes N/A Yes N/A N/A | NA | NA
2 EQin/out N/A | Yes | NA | Yes | NA | NA | NA | NA
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Aux send

The following diagram details the scoped aux send parameters of the input channels. Although it only shows aux buses 1to 8, it also applies to aux buses 9 to 16.

G m mg N ® >

T

ol

“rgj‘ .

lomlom'on's Slom'on'om’e Blomlomlom's
R

CCO XXX XX L

2222082 4

bus sends

1/2

GUl input
fast strip

Micl

gain trim
200 w O

A B C D E F G H
Item Parameter . I H
1 Send level N/A Yes N/A N/A N/A Yes N/A N/A
2 Send pan N/A Yes N/A | NA | NA Yes N/A | N/A
3 Send pre-fader on/off N/A | Yes N/A | N/A | NA | Yes N/A | N/A
4 Send on/off N/A Yes N/A | NA | NA Yes N/A | N/A

You can scope individual bus sends. In column B (All), all sends are affected, and in column F (Busses),
individual sends can be scoped.

(EN
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EN Matrix send
The following diagram details the scoped parameters of the return channels. Although it only shows matrix buses 1to 8, it also applies to matrix buses 9 to 16.

||
[ |
A
B B : o[ 1
¢ E!"
—E— = = GUlinput
b RH T BRL fost strip
E iﬁ:’ ERENEEE] - 1 "II 54 ::ussends 1/2 g:::i‘cril:"
F een'onts Womamor's woomfonte gggggg-g 20,
G
“TTIT 1T TR
: T ‘
I |

Item Parameter I H
L =]

1 Send level N/A | Yes N/A | NA | NA | Yes N/A | N/A
2 Send pan N/A | Yes N/A | NA | NA | Yes | NA | NA
3 Send pre-fader on/off N/A Yes N/A | N/A N/A Yes N/A | N/A
4 Send on/off N/A | Yes | NAA | NA | NA | Yes | NA | NA
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Fader
The following diagram details the scoped fader (including master routing) parameters of the return channels.

|
|-| input channel Masters processing
overview in GUI area in GUI
A channel strip channel strip
B . - —
C gil
v L BRRE BLEL
E
Pl | |=sssssmsasns | sgetomnn | soooosy
G
H
3
5
masters
B s
' -w A *
I N
\@. \ :
W ' : a

Item Parameter
El e =@

1 Stereo routing N/A Yes N/A | NA | NA N/A | N/A Yes
2 Mono routing N/A | Yes N/A | NA | NA | NA | NA | Yes
3 SlSselect NA | Yes | NA | NA | NA | NA | NA | Yes

(required for surround panning)
Pan (includes all surround

4 sound parameters) N/A | Yes | NA | NA | NA | NA | NA | Yes
5 Mono level/SIS pan N/A | Yes N/A | NA | NA | NA | NA | Yes
6 Fader position N/A | Yes | NA | NA | NA | NA | NA | Yes
7 Channel mute N/A | Yes N/A | NA | NA | NA | Yes | N/A
8 Solo B assignment N/A No N/A| NA | NA N/A | NA | NA
9 Channel name N/A | Yes N/A | NA | NA | NA | NA | NA

10 Channel colour N/A Yes N/A N/A N/A N/A N/A N/A
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EN Auxes (Aux Sends)

Each scope screen has 16 auxes in the Aux Sends section.

@™ Recall Scope

Aux Sends
All(B) RNIMTETET
EQ(D) 5 o B o B o B B
Dyn (E) -
Busses (F)
Mute (G)
Fader (H)

Parameter sections per aux channel. There are 16 auxes per PRO Series Control Centre. This example is taken from a PR09.

Patching
The following diagram details the scoped patching parameters of the aux channels.

Ml

B

D i Unassigned - . ]— 1
= \

E P \ K] G E
5ol o -

i it [ME
-| So 14444444 i

G - 53 Insert and
é ) configuration

H N processing area in
s

GUI channel strip

e

Item Parameter I H
E g @

1 Output patching N/A No N/A | N/A N/A | NA | NA N/A
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Configuration
The following diagram details the scoped configuration and direct input parameters of the aux channels.

-I Insert and configuration
B processing area in GUI aux send overview in
channel strip GUI channel strip

o Sl —

D % o> Conso

E - Ast AuxS1

F I e
KRL BERE KRR

G L3

H

matrix sends on detail area

on Pre

Unassigned

Unassigned

A B C D E F G H
Item Parameter I H
1 ICE =
1 Bus mode N/A Yes N/A N/A N/A N/A N/A Yes
2 Bus trim N/A Yes N/A N/A N/A N/A N/A Yes
3 Directinput source N/A | Yes' N/A N/A N/A N/A N/A N/A
4 Directinput level N/A Yes N/A | NA | NA N/A | NA | NA
5 Direct input pre-/post- N/A | Yes N/A | NA | NA | NA | NA | NA
6 Direct input mute N/A | Yes N/A | NA | NA | NA | Yes | NA
7 Delay N/A | Yes N/A | NA | NA | NA | NA | Yes
8 Link N/A No N/A No No No No No
9 Process order N/A Yes N/A Yes N/A N/A N/A N/A

1.Only when automate patching is on.
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Dynamics

The following diagram details the scoped compressor parameters of the aux channels. Although only the corrective compressor is shown below, this is typically the
same for the other compressor modes (adaptive, creative, vintage and shimmer).

-I aux send Compressor
overview in GUI processing areain
B channel strip GUI channel strip
al 1 i —-
D . @™ Conso
E
= —
aux send overview
F 1 ol = dir in
G I” | o N safes E.
H “ea
H : -

o s0 T 2s
threshold

" 2900 ol B S0E 3 B ol

[ —

o
oo
o¢
@ matrix sends on detail area
On Bré
On Bra
1

Internal oure 2

0 5 10 15 20 25 30 35

release

‘ threshold
ratio/range
[=1
b 94

Item Parameter
mE =

Compressor: attack, release,

1 threshold, ratio/range/[ratio], N/A | Yes N/A | NA | Yes N/A | NA | NA
make up, KNEE, MODE

2 Sidechain source N/A N/A | NA | NA No N/A | N/A N/A
Compressor sidechain: IN, freq,

3 and WIDTH N/A | Yes N/A | NA | Yes N/A | NA | NA
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Insert
The following diagram details the scoped insert parameters of the aux channels.

-I Insert and configuration
processing area in GUI aux send overview in
channel strip GUI channel strip
2 o[ 2
1
E["
= ==

SR |]| I
=] - o=o'5|g|§|5|§|§|§§

a K
8

T O m m O w

matrix sends on detail area

on Bre

Unassigned

Unassigned

Item Parameter

1 In/out N/A Yes N/A N/A N/A N/A N/A N/A
2 Insert send destination N/A No N/A N/A N/A N/A N/A N/A
3 Insert return source N/A No N/A N/A N/A N/A N/A N/A
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EQ
@ The following diagram details the scoped parameters in the EQ section of the aux channels.

-I = — —

’ A '

E (il B TR £Q processng
areain
channel strip

F Foo"o®o Moo o™o "o"o™e™o | O p "° Wuiw E EE EE | coocoooo

oo ®o Moo oo Moo Moo

G s

H

of )
P )
Tehmatae
parametric n

. band 3
parametric EQ s pacd? ﬂ
a

§ Q’

Item Parameter I H
Eloe =

All PEQ filters (all six bands):

1 freq, gain, width, N/A Yes N/A Yes N/A N/A N/A N/A
SHAPE (as necessary)

2 Parametric/Graphic type N/A No N/A No N/A | NA | NA N/A

3 EQin/out N/A | Yes | NA | Yes | NA | NA | NA | NA

Aux send
Not applicable.

Aux preset
Not applicable.
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Matrix send

The following diagram details the scoped parameters in the aux channels. Although only matrices 1 to 8 are shown below, this also applies to all matrices.

O m m QO W

o YA L

Ji'
I% (HHHEAHHAEHHRE

10000 0060 606008

oo, Moo, MR mom
-

°i-ooo a0ugp
3830 a
)
[
[T o
a
o
a
a
2 o
1 0o o
a0
rd
a

|

bus sends
oN
fevel / pan

5 R £ =
TN
=}
A B C D E F G H
Item Parameter I I
£1 EH = =
1 Send level N/A | Yes N/A | N/A | NA | Yes N/A | N/A
2 Send pre-fader on/off N/A | Yes N/A | NA | NA | Yes N/A | N/A
3 Send on/off N/A Yes N/A N/A N/A Yes N/A N/A

You can scope individual bus sends. In column B (AIl), all sends are affected, and in column F (Busses), individual sends can be scoped.

(EN
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Fader
@ The following diagram details the scoped fader and master routing parameters of the aux channels.

aux send Masters processing
overview in GUI area in GUI
-I channel strip channel strip
B _— A L
D
—— T
E U
||||| 1 = = =
F 0 oy =0 sE%
= Il I11E11] 5028t
G io 92992990F 0330
2o, T2 20200
=0 =0 0.
Ll
H 20| 7 X
0

matrix sends on detail area 5

On Pre

On Pre

Item Parameter
Efloe @

1 Stereo routing N/A Yes N/A | N/A N/A N/A | N/A Yes
2 Mono routing N/A Yes N/A | N/A N/A N/A | N/A Yes
3 SIS select NA | Yes | NA | NA | NA | NA | ONA | Yes

(required for surround panning)

Pan (includes ALL surround

4 sound parameters) N/A | Yes N/A | NA | NA | NA | NA | Yes
5 Mono level/SIS pan N/A Yes N/A | N/A N/A N/A | N/A Yes
6 Fader position N/A Yes N/A | N/A N/A | NA | NA Yes
7 Channel mute N/A | Yes NA | NA | NA | NA | Yes No
8 Solo B assignment N/A No N/A | N/A N/A | N/A | NA No
9 Channel name N/A Yes N/A N/A N/A N/A N/A No

10 Channel colour N/A Yes N/A N/A N/A N/A N/A No
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Matrices

Each scope screen has a Matrix section.

Matrix

[E==T=] ] =}=T=)
+ 4444114
5 o B B B b S P

o) | Y e )

Parameter sections per matrix channel.

Patching

NN @™ Recall Scope

The following diagram details the scoped patching parameters of the matrix channels.

B
D al
E
G 5
1
ilihl
H
Insert and
configuration
processing
area in GUI
channel strip
A B C D E F G H
Item Parameter
HMEE =
1 Output patching N/A No N/A | N/A N/A | NA | NA

(EN
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EN > Configuration
The following diagram details the scoped parameters of the configuration and direct input sections of the matrices channels.

Insert and configuration
processing area in GUI matrix overview in
channel strip GUI channel strip

2 YA 1

T
E[" - - =
matrix overview
|I|I|I|I |I|I|I|I |I|I|I|I S~ — =
thilehe ikl el = S . " - V —
i N ) [

O mgQg W

input zone

P

Unassigned

Unassigned

A B C D E F G H
Item Parameter
Elme

1 Bus trim N/A Yes N/A | NA | NA | NA | NA | Yes
2 Directinput source N/A | Yes! N/A | N/A N/A | NA | NA N/A
3 Directinput level N/A Yes N/A | N/A N/A | NA | NA N/A
4 Direct input pre-/post- N/A Yes N/A | N/A N/A | NA | NA N/A
5 Directinput mute N/A Yes N/A | N/A N/A | N/A Yes N/A
6 Delay N/A | Yes N/A | NA | NA | NA | NA | Yes
7 Link N/A No N/A No No No No No
8 Process order N/A | Yes N/A | Yes N/A | NA | NA | NA
9 Link fader mono N/A | Yes NA | NA | NA | NA | NA Yes
10 Link fader stereo N/A Yes N/A N/A N/A N/A N/A Yes

1.0nly when automate patching is on.



277 PRO X User Manual

Dynamics

The following diagram details the scoped compressor parameters of the matrix channels. Although only the corrective compressor is shown below, this is typically the

same for the other compressor modes (adaptive, creative, vintage and shimmer).

o mMm Qg @

Input channel
overview in GUI
channel strip

Compressor
processing areain
GUI channel strip

= 1
" IR
L
1. | 444 =4
I : o8
: g
B 2| HH
N 3
oA |
el
\ | -
L Internal 2
: p4 ‘
=1
side chain
3
A B C D E F G H
Item Parameter I H
| =
Compressor: attack, release,
1 threshold, ratio/range/[ratio], N/A Yes N/A N/A Yes N/A N/A N/A
make up, KNEE, MODE
2 Sidechain source N/A No N/A N/A No N/A N/A N/A
3 Compressor sidechain: NA | Yes | NA | NA | Yes | NA | NA | NA

IN, freq, and WIDTH

(EN
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Insert

The following diagram details the scoped parameters in the insert section of the matrix channels.

O Mg W

o ol

EREE RN RN

0

2| 258io HAgnAgaa | o
.-f_" & e .
-0=0

o o
- 228
E

E

i

# Insertand

configuration
processing
area in GUI
channel strip

Unassigned 2
Unassigned 3
1
A B C D E F G H
Item Parameter
1 Infout N/A N/A N/A N/A N/A N/A
2 Insert send destination N/A N/A N/A N/A N/A N/A
3 Insert return source N/A No N/A N/A N/A N/A N/A N/A
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EQ
The following diagram details the scoped EQ parameters of the matrix channels.
- - = WS @™ Conso
D
[IGE RREER RREE : EQ processing
E E2o CL . ”l ” [ area in GUI
G it RUSULES channel strip
iRRaag |
io CLLRIEED| o 2
H LI e
=e 25 COCCOOED) H i
COOCCLrr] 2
2
parametric EQ
[—'] listen ® listen ® listen ®
req EQ EQ EQ
A B C D E F G H
Item Parameter I I
o B E =
All PEQ filters (all six bands): freq,
1 gain, width, SHAPE (as necessary) N/A | Yes | N/A | Yes | NA | NA | NA | NA
2 Parametric/Graphic type N/A No N/A No N/A N/A | NA | NA
3 EQin/out N/A | Yes | NA | Yes | NA | NA | NA | NA

Aux send
Not applicable.

Aux preset
Not applicable.

Matrix send
Not applicable.

(EN
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Fader

The following diagram details the scoped fader parameters of the matrix channels.

O Mg w

Fader processing
areain GUI
channel strip

“ @™ Conso

L Mtx

A B C D E F G H

Item Parameter I I
L) B = =

1 Fader position N/A Yes N/A | N/A N/A | NA | NA Yes
2 Channel mute N/A Yes N/A N/A N/A N/A Yes No
3 Solo B assignment N/A No N/A | N/A N/A | NA | NA No
4 Channel name N/A Yes N/A N/A N/A N/A N/A No
5 Channel colour N/A Yes N/A N/A N/A N/A N/A No
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Masters

Each scope screen has three master channels (stereo left and right, and mono) in the Masters section.

All (B)
EQ (D)
Dyn (E)
Busses (F)
Mute (G)

Fader (H)

@™ Recall Scope

Masters

El==)
O

o P bas

Ve ')

Parameter sections per master channel. There are 16 matrices per PRO6 and PR0Y, and only eight on the PRO3. This example is taken from a PROY.

Patching

The following diagram details the scoped patching parameters of the master channels.

B
D = =
| \ I !
E II = = \
F 3 EEEEE Il Insert and
. 0000000 configuration
G pod P 'm 355 o ofe processing
R L] area in GUI
H 8% O m = ool gif § o0 channel strip
F| oo 52 oo m I;-;
1 ST &5
SR R/
A B C D E F G H
Item Parameter I H
MM EE =
1 Output patching N/A No N/A | NA | NA N/A | NA | NA

(EN
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EN > Configuration
The following diagram details the scoped parameters in the configuration and direct input section of the master channels.

Insert and configuration
-I processing area in GUI master overview in

channel strip GUI channel strip

N @™ Conso

T —

master overview

T O m m U w

[ er]
=

36
matrix sends on detail area

input zone

:

Unassigned

Unassigned

processingorder . | R $809009 0 ™ e
e 8 [Goley TR oEnEs |
.00 ms

A B C D
Item Parameter
Elae

1 Bus trim N/A | Yes N/A | NA | NA | NA | NA | Yes
2 Directinput source N/A | Yest | N/A | N/A N/A | NA | NA N/A
3 Directinput level N/A | Yes N/A | NA | NA | NA | NA | NA
4 Direct input pre-/post- N/A Yes N/A | N/A N/A | NA | NA N/A
5 Directinput mute N/A Yes N/A | N/A N/A | N/A Yes N/A
6 Delay N/A | Yes N/A | NA | NA | NA | NA | Yes
7 Link N/A No N/A No No No No No
8 Process order N/A | Yes N/A | Yes N/A | NA | NA | NA

1.0nly when automate patching is on.
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Dynamics

The following diagram details the scoped compressor parameters of the master channels. Although only the corrective compressor is shown below, this is typically the
same for the other compressor modes (adaptive, creative, vintage and shimmer).

Input channel Compressor
-I overview in GUI processing areain
channel strip GUI channel strip

. S @™ Conso
M1 eft

Unassigned

direct input

0
-eo' 0
input zone

Unassigned E
safes

8L Ol 3™ 58503 & & 530

—

Unassigned

Unassigned

release

mveslold

Item Parameter I H
o =

Compressor: attack, release,

1 threshold, ratio/range/[ratio], N/A Yes N/A N/A Yes N/A N/A N/A
make up (gain), KNEE, MODE

2 Sidechain source N/A N/A N/A N/A No N/A N/A N/A

3 Compressor sidechain: N, freq, | /0 | yoo | i | N | Yes | NA | NA | N

and WIDTH
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EN > Insert
The following diagram details the scoped insert parameters of the master channels.

[ T] e = = IS @™ Conso
B . - — M Left
b (A= _\\
E R RN Insert and
. 224 io EEEE configuration
F R processing
G ae ..;3223"““” - area in GUI
.-;_’:E’.slslglslulslslal.. k channel strip
H s0 35 OOCCETED)

Unassigned 2
Unassigned L ouccal 3

Item Parameter
1 In/out N/A N/A N/A N/A N/A
2 Insert send destination N/A N/A N/A N/A N/A

3 Insert return source N/A No N/A N/A N/A N/A N/A N/A
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EQ

The following diagram details the scoped EQ parameters of the master channels, and shows the EQ processing area in the GUI channel strip.

Aux send
Not applicable

Aux preset
Not applicable
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EQ processing
areain GUI
channel strip

1y, ’
I/ l/ :
parametric EQ
A B C D E F G H
Item Parameter I I
HOEE =
Al PEQ filters (all six bands): freq,
1 gain, width, SHAPE (as necessary) N/A Yes N/A Yes N/A N/A N/A N/A
2 Parametric/Graphic type N/A No N/A No N/A N/A | NA | NA
3 EQin/out N/A Yes N/A Yes N/A N/A N/A N/A

(EN
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Matrix send

The following diagram details the scoped matrix send parameters of the master channels. Although only matrices 1 to 8 are shown below, this also applies to matrices
9to 16.

ol 2

: : I%ﬁjflfrrrwﬁ'
i

A B C D E F G H

Item Parameter
0 @

1 Send level N/A | Yes | NAA | NA | NA | Yes | N/A | NA
2 Send pre-fader on/off N/A | Yes NA | NA | NA | Yes | NA | NA
3 Send on/off N/A | Yes | NA | NA | NA | Yes | NA | NA

You can scope individual bus sends. In column B (AIl), all sends are affected, and in column F (Busses), individual sends can be scoped.
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Fader

The following diagram details the scoped fader parameters in the masters section of master channels, and shows the fader processing area in the GUI channel strip.

Fader processing
-I areain GUI
B channel strip
D
E
F
G
H
A B C D E F G H
Item Parameter . I H
1 Fader position N/A | Yes N/A | NA | NA | NA | NA | Yes
2 Channel mute N/A Yes N/A N/A N/A N/A Yes No
3 Solo B assignment N/A No NA | NA | NA | NA | NA No
4 Channel name N/A Yes N/A N/A N/A N/A N/A No
5 Channel colour N/A Yes N/A N/A N/A N/A N/A No

(EN
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GEQrack

The scope screen that contains the Graphic EQs (press the FX GROUPS button) has up to five eight-slot racks in the Graphic EQs section, which can contain a
maximum of 36 GEQs (as shown below). The number of racks and GEQs are configuration dependent.

SS9 Recall Scope

—
|
|
—
——
]
a—
—

—
|
—
—
==
—
| —
—
—
|
—
—
|
—
—

NN

111}

Graphic EQs represented on the Recall Scope screen. Racks are always shown fully populated, regardless of how many GEQs are configured.

Note: A rack slot in the Graphic EQs section in equivalent to a the All . scope area.

Patching

The following diagram details the scoped patching parameters of the
GEQs, which are shown on the Graphic GEQs screen (below).

Item Parameter

1 Bus assignment/type N/A No N/A | N/A N/A | NA | NA N/A
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GEQ
The following diagram details the scoped parameters of the GEQs, and shows the GEQ window on the GUI screen.

125 160 200 250

Item Parameter
I @

1 EQ band gains N/A | Yes | NA | NA | NA | NA | NA | NA
2 HPF and LPF N/A Yes N/A N/A N/A N/A N/A N/A
3 Notch filters N/A | Yes | N/A | NA | NA | NA | NA | NA
4 GEQ mode (proportional/constantQ) | N/A | Yes NA | NA | NA | NA | NA | NA

Effects rack

The scope screen that contains the Assignable Effects (press the FX GROUPS button) has three eight-position effects rack in the Assignable Effects section.

i

N IR

[
I |

I

Assignable Effects

Assignable effects represented on the Recall Scope screen. Rack is always shown fully populated, regardless of how many effects are configured.
This example is taken from a PRO9.

Note: A rack slot in the Assignable Effects section is equivalent to the All . scope area.

(EN
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Patching

The diagram right shows the scoped patching parameters of the effects, which are on the Effects tab of the To section of the Patching screen.

A B C D E F G H
Item Parameter
Eloe
1 Input patching N/A No N/A | N/A N/A | NA | NA N/A
Effects
The following diagram details the scoped parameters of the effects, and shows the effect window on the GUI screen.
i o™ Effects Intro
A B C D E F G H
Item Parameter
Eloe
1 Effect name N/A | Yes N/A | NA | NA | NA | NA | NA
2 Effect colour N/A | Yes N/A | NA | NA | NA | NA | NA
3 Effect type N/A Yes N/A N/A N/A N/A N/A N/A
4 All effect parameters N/A Yes N/A | N/A N/A | NA | NA N/A
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Groups
Each scope screen contains 10 VCA groups in the Variable Control Associates section.

WS @™ Recall Scope

Variable Control Associations
{5
Al (B) T T Y TR R B BT
Mute (G) {1 ) [

[
[

Fader (H) 81818 8|8 8 |8

VCA groups represented on the Recall Scope screen. There are 10 V/CA groups per PRO Series Control Centre. This example is taken from a PROY.

The following diagram shows the scoped parameters of the VCA groups.

=
-]
~
o
m
-

Item Parameter I
Elme

1 VCA mute N/A Yes N/A N/A N/A N/A Yes N/A
2 VCAareaAand B NA | Yes | NA | NA | NA | NA | NA | NA
3 VCA faderlevel (required for NA | Yes | NA | NA | NA | ONA | NA | Yes

surround panning)

(EN
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Appendix L: Parameters Affected By Automate Patching

This appendix shows the patching parameters (sources) that can be changed on a per-scene basis in automation. These are only selectable when the Automate
Patching option of the Preferences scene is selected (see “Using patching in automation” in Chapter 31).

Note: Automate patching is not applicable to returns.

Inputs
The following input channel sources can be changed per scene.

Overview
- Micl [
I

Overview

m Micl

Unassigned
0 s 10 15 20 25 30 35 I

Unassigned

005 '38e 2
release

== S

-50 Wy
threshold

Insert processing area

Unassigned

Compressor processing area

Item Parameter

1 Insert return source

2 Compressor side chain source
3 Gate key source

Although the micinput and tape input sources are automutable, that is, they can be changed per scene, they are controlled by the input patching recall scope area
switch. They are not affected by the Automate Patching function.

v SINGLE

Input Channels|
e

Input patching recall
scope area switches
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Auxes

The source of each aux channel can be changed per scene.

Item Parameter

1 Insert return source

2 Directin source

3 Compressor side chain source
Matrices

The destinations/sources of each matrix channel can be changed per scene.

Item Parameter

1 Insert return source

2 Directin source

3 Compressor side chain source

Overview

st AuxS1
TC/AUD (TC1L) ~ .

e

FEEE

bus trim

insert
Unassigned

Unassigned

Configuration
processing area

Overview
1 Mol Mnl

Unassigned

insert

118 (Source1)

19 (Out1)

Configuration
processing area

Unassigned

o 3 1015 20 25 30 35

Compressor
processing area

Overview
i Mor Mix1 T
@
e

0 TT2s
threshold

Internal

o 5 1015 20 25 130 33

Compressor
processing area

(EN
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E N Masters

The destinations/sources of each master channel can be changed per scene.

Item Parameter B overview
1 Insert return source

2 Directin source ) e eeeor

3 Compressor side chain source : : i = D:®!

release

2 ms 20 -25®0
50 25
threshold

[

0 S0,
make up

Internal

o 5 1018 20 23 3038

Configuration Compressor
processing area processing area

Effects
Effect input sources can be changed per scene.

WSS Patching

Patching screen showing the location of the effects in the Effects tab of the To section.
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System devices

Sources for the outputs of external devices, such as the DL251 Audio System 1/0, DL351 Modular I/0, DL451 Modular /0, DN9696 Recorder, etc., can be changed per

scene. The sources are selectable via the Stage 1/0 and FOH 1/0 tabs in To section of the Patching screen.

However, this does not include the I/0 card configu

Monitors

ration.

The following monitor sources, shown on the Monitors screen (see below), can be changed per scene.

talk input
1 Monitor 10 ()

external talk output
Monitor 10 ()

talkback input
2 Monitor 10 ()

pfl direct input
3 Unassigned

afl direct input left
4 Unassigned

afl direct input right
5 Unassigned

external input L
6 Unassigned

external input R
7 Unassigned

monitor A output L
Monitor 10 ()

monitor A output R
Monitor 10 ()

monitor B output L
Monitar 10 ()

monitor B output R
Monitor 10 ()

surround
solo in place to monitors

NP | AUX

® broadcast
user def.

fal oec

] oo

monitor centre output

Monitor 10 ()

monitor LFE output
Monitar 10 ()

fall .

full ...

Item

Parameter

Talk input source

Taklback input source

PFL direct input source

AFL direct input left source

AFL direct input right source

External monitor input left source

~N ool s W N =

External monitor input right source

A stereo GEQ is available on the monitor A and B bus if needed.
This GEQ can be used to EQ your monitor bus for differences in
IEMs or a listening wedge compared to other types being used
on stage.

(EN
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Appendix M: Parameters Protected By Safes

This appendix shows the parameters affected by each of the safe types (EQ, DYN, MIC, AUTO, MUTE and FADER).

The parameter areas for the scopes (store and recall) and the safes are, basically the same. However, the way they are presented in their respective appendices
is different. This may provide you with a useful alternative when referring to this material, should you prefer one more than the other (see Appendix K
“Parameters Affected By Scope”).

Inputs

The input safes are selected via the channel safes section of the channel strip in the mix bay (control surface) or the input channel safes section of the
configuration processing area (GUI channel strip).

LNk
oFT.

direct output
1

e

ELO] ¢

Ak

I

i
il
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Input parameters not affected by the safes
The following input channel parameters are not affected by any of the safes.

Masters processing Configuration
areain GUIchannel processing area in
strip GUI channel strip

Overview

w1 Micl

=i

ekttt SEED

=

el
[a O

input channel
overview in GUI
channel strip

6
Item Control Parameter
1 B switch Solo B on/off
2 SOLO switch Solo on/off
3 MICswitch Mic safe on/off
4 FADER/[FDR] switch Fader safe on/off
5 MUTE/[MTE] switch Mute safe on/off
6 AUTO/[AUT] switch Automation safe on/off
7 EQ switch EQ safe on/off
8 DYN switch Dynamic safe on/off
9 SOLO switch Direct output solo on/off
10 B switch Direct output solo B on/off
1 LNK switch Stereo linking on/off

(EN
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EQ safe
@ The following diagram details the parameters in the inputs affected by the EQ safe, and shows the EQ processing area in the GUI channel strip.

Configuration EQprocessingarea input channel
processing area in in GUI channel overview in GUI
GUI channel strip strip channel strip
e
[&] T
4 5
2
3
Unassigned fad parametric 1
4 hi mid i
8 , 5
7
8
7 4
2
7 3
4 6
? 2
3
Dyn. Ins. EQ
Item Control(s) Parameter
1 EQ switch EQ on/off
2 gain control knob EQ gain level
3 width control knob EQwidth
4 freq control knob EQ frequency
5 SHAPE switch Selects treble shelving mode: peaking, bright, classic or soft
6 SHAPE switch Selects bass shelving mode: peaking, deep, classic or warm
7 SLOPE switch, high pass control knob, EEEN/[IN] switch High pass filter
8 SLOPE switch, low pass control knob, IBSU/[IN] switch Low pass filter
9 C/0 switch Order of processing: Dyn.—Ins.—EQ or EQ.Ins.—Dyn.
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DYN (dynamic) safe

The following diagram details the parameters in the inputs protected by DYN safe.

input channel
overview in GUI
channel strip

Compressor Gate processing
processing area in areain GUI
GUI channel strip channel strip

Overview

w1 Micl

o 5 10 15 20 25 30 38

Unassigned

Unassigned

Note: Only the corrective compressor is shown above, but this s typically the same for the other compressor modes (adaptive, creative and vintage).

|

Item Control Parameter

1 ON switch Compressor on/off

2 threshold control knob Compressor threshold

3 release control knob Compressor release

4 make up control knob Compressor make up gain

5 attack control knob Compressor attack

6 ratio/range/[ratio] control knob Compressor ratio

1 et s e oo,
8 KNEE pushbutton Compressor knee: hard, medium or soft

9 IN switch Compressor sidechain in/out

10 freq control knob Compressor sidechain frequency

1 WIDTH pushbutton Compressor sidechain width: 2 Oct, 1 0ct or 0.3 Oct
12 ON switch Gate on/off

13 threshold control knob Gate threshold

14 release control knob Gate release

15 attack control knob Gate attack

16 ratio/range/[range] control knob Gaterange

17 hold control knob Gate hold

18 IN switch Gate sidechain in/out

19 freq control knob Gate sidechain frequency

20 WIDTH pushbutton Gate sidechain width: 2 Oct, 1 Oct or 0.3 Oct

(EN
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MIC safe
The following diagram details the parameters in the inputs protected by MIC safe.

DL351 DL431 Mic DL451 DL251 Audio
Modular I/0 Splitter Modular I/0 System I/O

1" overview Overview

w7 FLOOR m Micl ]

Mic Split1 (In7 )

LD
o o

ELOFE SLOPE, meter |

input channel Configuration Insert processing
overview in GUI processing area in GUI areain GUI

channel strip channel strip channel strip

Item Control Parameter

1 stage box control knob* Gain of remote amplifier

2 48V switch 48V phantom gain

3 30 Hz switch 30 Hz filter

4 gain trim control knob* Digital input trim

5 Delay control knob Delay time

6 @ switch Input phase invert on/off

7 Control knob Direct output level

o e R

*Depends on swap status.
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AUTO (automation) safe

All of the input channel parameters are protected by the AUTO safe — except, of course, for the ones unaffected by the safes (see “Input parameters not affected by @
the safes”).

MUTE safe

The following diagram details the parameters in the inputs protected by MUTE safe.

Overview

w1 Micl

Unassigned

=

1
nn:n s .
It BEED

MUTE

Configuration
processing areain
GUI channel strip

input channel
overview in GUI
channel strip

Masters

processing areain
GUI channel strip

Item Control Parameter
1 MUTE switch Mute on/off
2 MUTE switch Direct output mute on/off
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FADER safe

The following diagram details the parameters in the inputs protected by FADER safe.

input channel Masters processing
overview in GUI areain GUI
channel strip channel strip GUlinput
% O™ Overv fast strip

NS overview

m Micl

Item Control(s) Parameter

1 Fader Fader level

2 MON switch Mono routing on/off

3 ST switch Stereo routing on/off

4 SIS switch Spatial imaging system on/off

5 Panning control knobs Surround panning (includes all surround

sound parameters)
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Auxes (Aux Sends) < EN
The aux safes are selected via the channel safes section of the channel strip in the mix bay (control surface) or the output channel safes section of the insert and
configuration processing area (GUI channel strip).

s directinput
& U]
2 o

bboucwe
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EN ) Aux parameters not affected by the safes

The following aux parameters are not affected by any of the safes.

12

OverGia
: 3 : [&]
11
i
10
9
: 6
5 7
8
3
4
5
5 4 3
Masters processing Insert and
area in GUI configuration
channel strip processing area in
GUI channel strip
Item Control Parameter
1 B switch Solo B on/off
2 SOLO switch Solo on/off
3 FADER/[FDR] switch Fader safe on/off
4 MUTE/[MTE] switch Mute safe on/off
5 AUTO/[AUT] switch Automation safe on/off
6 EQ switch EQ safe on/off
7 DYN switch Dynamic safe on/off
8 MICswitch Mic safe on/off
9 SOLO switch Direct input solo on/off
10 B switch Direct input solo B on/off
1 LNK switch Stereo linking on/off
12 Field GEQ assignment
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EQsafe

The following diagram details the parameters in the auxes protected by the EQ safe.

pan =Tl

ot BAED

listen ® listen @ listen ®

) )

aux send EQ processing
overview in GUI area in GUI
channel strip channel strip
Ove - Overview

" st AUXS1

e

parametric

H
E

1 18
gain
paramatric

Item Control Parameter
1 EQswitch EQ on/off
2 gain control knob EQ gain level
3 width control knob EQ width
4 freq control knob EQ frequency
) Band 1 shelving mode: bell, warm,
> SHAPE switch high pass 6 dB or high pass 12 dB
6 SHAPE switch Band 2 shelving mode: bell or high pass 24 dB
75 SHAPE switch Band 6 shelving mode: bell, soft, low pass

6 dB or low pass 12 dB

*Not shown in diagram.

Note: Although band 6 is not shown above, the items in the table also apply. This band has items 2, 3 and 4, and also item 7.

(EN
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EN)

13 121110 9 8

Item Control Parameter

1 31 faders Fader positions

2 High pass filter control knob High pass filter cut off frequency

3 IN switch High pass filter in/out

4 Low pass filter control knob Low pass filter cut off frequency

5 IN switch Low pass filter in/out

6 EQ switch EQin/out

7 SLOPE switch Selects low pass filter as 6 dB or 12 dB

8 Qswitch ig:]esct;sn(t) (rgg(’if)as proportional (PROP.)
9 IN switch Switches 200 Hz - 20 kHz notch filter in/out
10 Notch filter control knob 200 Hz - 20 kHz notch filter frequency

n IN switch Switches 20 Hz - 2 kHz notch filter in/out
12 Notch filter control knob 20 Hz - 2 kHz notch filter frequency

13 SLOPE switch Selects high pass filter as 6 dB or 12 dB
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DYN (dynamic) safe

The following diagram details the parameters in the auxes protected by the DYN safe. Only the corrective compressor is shown, but this is typically the same for the
other compressor modes (adaptive, creative, vintage and shimmer).

Overview

Compressor
processing areain
GUI channel strip

* Overview
s AUXS1

Internal

o s 1015 20 23 30 38

Item Control Parameter

1 DYN/[CMP] switch Compressor on/off

2 release control knob Compressor release

3 threshold control knob Compressor threshold

4 KNEE pushbutton Compressor knee selector: hard, medium and soft
5 IN switch Compressor sidechain in/out

6 freq control knob Compressor sidechain frequency

7 WIDTH pushbutton g(:)rrclsrfzs&r;:d;;hgcl? width (unlabelled):

8 ratio/range/[ratio] control knob Compressor ratio

9 attack control knob Compressor attack

10 MODE pushbutton \(I;:]Tapgr:i]srosrhrinrzieer— corrective, adaptive, creative,
1 make up control knob Compressor gain

(EN
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EN MIC safe

The following diagram details the parameters in the auxes protected by the MIC (configuration) safe.

aux send
overview in GUI
channel strip

Overview
Asl AuxS1

aux send overview

Configuration
processing area in
GUI channel strip

Overview

ast AuxS1

TC/AUD (TC1L}) fadl[ = IR

=]

FoeE

bus trim

Item Control Parameter
1 Control knob Direct input level
2 PRE switch Directinput pre- in/out

AUTO (automation) safe

All of the aux channel parameters are protected by the AUTO (automation) safe — except, of course, for the ones unaffected by the safes (see “Aux parameters not

affected by the safes”).
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MUTE safe

The following diagram details the parameters of the auxes protected by the MUTE safe.

Masters
processing area
in GUI channel
strip

Insert and
configuration
processing areain
GUI channel strip

[&] As1 AuxS1

TC/AUD (TC1L)

T |

directinput

o

1
15
12
a
N
3
)

El

s

=

E

1
Item Control Parameter

1 MUTE switch Mute on/off

2 MUTE switch Direct input mute on/off

(EN
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FADER safe

EN)

masters

ST

. L4
y I o
’ $

mond level
SIS image

The following diagram details the parameters of the auxes protected by the FADER safe.

aux send
overview in GUI
channel strip

Overview
As1 AuxS1

aux send overview

Masters processing
areain GUI
channel strip

home

Asl AuxS1

™ Overvi!

Insert and
configuration
processing area i

n

GUI channel strip

Overview

As1 AuXS1

TC/AUD (TC1L)

Item Control Parameter

1 Fader Fader level

2 ST switch Stereo routing

3 MON switch Mono routing

4 SIS switch Spatial imaging system in/out

: Panning antrol knobs (ncdes s prametes
6 bus trim control knob Bus trim level

7 MODE switch Bus mode

8 delay control knob Delay time

~e |
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Returns (Aux Returns)

The return safes are selected via the channel safes section of the channel strip in the mix bay (control surface) or the input channel safes section of the
configuration processing area (GUI channel strip).

L 1
. =]
= = =
HE HAHE R HEH
i |

unk sam
BT SwWAR,

i

ettt ie BEHD |
L

Ik

a

oo
a0

(EN
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EN ) Return parameters not affected by the safes

The following return parameters are not affected by any of the safes.

Masters processing Configuration
area in GUI processing area in
channel strip GUI channel strip

L 1 Ove 2 Overview

[&] a1 AuxR1

Unassigned

3
4
1 5
2 6
Item Control Parameter
1 B switch Solo B on/off
2 SOLO switch Solo on/off
3 MIC switch Mic safe on/off
4 FADER/[FDR] switch Fader safe on/off
5 MUTE/[MTE] switch Mute safe on/off
6 AUTO/[AUT] switch Automation safe on/off
7 EQ switch EQ safe on/off
8 DYN switch Dynamic safe on/off
9 LNK switch Stereo linking on/off
EQ safe
Not applicable.
DYN (dynamic) safe

Not applicable.
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MIC safe

The following diagram details the parameters in the returns protected by the MIC safe, which are accessible via the DL431 Mic Splitter configuration (see “Device

configuration procedure” in chapter 8).

Modular I/0

DL431 Mic DL451 DL251 Audio
Splitter Modular I/O System I/O

@™ Overvi
At AuXR1

Unassigned [ ]fouec-

input mode &

S

Configuration
processing area in
GUI channel strip

Item Control Parameter

1 Stage box control knob Mic gain

2 48V switch 48V phantom gain in/out
3 Flt switch 30 Hzfilter' in/out

4 Input zone switch Input zone in/out

5 gain trim control knob Digital trim

6 Input zone switch Input zone in/out

1. Applies to tape and primary inputs.

(EN
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AUTO (automation) safe

All of the return channel parameters are protected by AUTO (automation) safe — except, of course, for the ones unaffected by the safes (see “Return parameters not
affected by the safes”).

MUTE safe
The following diagram details the parameters of the returns protected by the MUTE safe.

L 2

o
B
Masters processing
4 area in GUI
channel strip
1
Item Control Parameter

1 MUTE switch Mute on/off
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FADER safe
The following diagram details the parameters of the returns protected by the FADER safe.

aux send Masters processing
overview in GUI areain GUI
channel strip channel strip

Overview e overvi

ARL. AuxR1 [ ARL AuXR1

aux return overview

masters

ST

. 4
v 30
’ ‘
mon¢ level
SIS image

Item Control Parameter

1 Fader Fader level

2 ST switch Stereo routing

3 MON switch Mono routing

4 SIS switch Spatial imaging system in/out
s | renegonis S s
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Matrices

The matrix safes are selected via the channel safes section of the channel strip in the mix bay (control surface) or the output channel safes section of the insert
and configuration processing area (GUI channel strip).

. . Overview

ARl AuxR1

Unassigned

.
= ‘ = = ed = E @ [

input mode

channel safes

]

om e gl e

auro JC il -
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Matrix parameters not affected by the safes
The following matrix parameters are not affected by any of the safes.

12

2

=
g

Insert and
Faderprocessing configuration
area in GUI processing area in
channel strip GUI channel strip

s = Overview
S MEx1 (@)
igned ~le= |
bt i
R 11

link fader

o

Gaausuasgay

Ounh,h W 0O N O =

Item Control Parameter

1 B switch Solo B on/off

2 SOLO switch Solo on/off

3 MICswitch Mic safe on/off

4 FADER/[FDR] switch Fader safe on/off

5 MUTE/[MTE] switch Mute safe on/off

6 AUTO/[AUT] switch Automation safe on/off
7 EQ switch EQ safe on/off

8 DYN switch Dynamic safe on/off

9 SOLO switch Directinput solo on/off
10 B switch Direct input solo B on/off
1 LNK switch Stereo linking on/off
12 Field GEQ assignment

(EN
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EQ safe

The following diagram details the matrix parameters protected by the EQ safe.

EQ processing
matrixoverviewin area in GUI
GUI channel strip channel strip

Overview Overview

Cmol Mtx1 ©mo1 Mix1

matrix overview

&

parametric

£
i
-
320 B &&i

width parametric

a0 band 3
—

100 §42 ak
%y

ana e 10K

18 * 28k

Item Control Parameter
1 EQswitch EQ on/off
2 gain control knob EQ gain level
3 width control knob EQ width
4 freq control knob EQ frequency
. Selects band 1 shelving modes: bell, warm

* ’ '’
g SHAPE switch high pass 6 dB or high pass 12 dB
6 SHAPE switch Selects band 2 shelving modes: bell or high pass 24 dB
7 SHAPE switch Selects band 6 shelving modes: bell, soft, low pass 6 dB

or low pass 12 dB

*Not shown in diagram.
Note: Although bands 1 and 6 are not shown above, the items in the table also apply. Both bands have items 2, 3 and 4.

Additionally, band 1 also has item 5, and band 6 also has item 7.
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1
ﬂll e—p—e—gLo—p—1—sLlo—n—g—1li—s L_1—g
O | N
JAA S A AR AN A A A A AR A A
HHHHHHAHHHHHHHHHHR-H
20 25 315 40|50 e3_so 100125 160 200 2s0fs1s 400 500 s30fscn 1k 1k2s the 26 265 361
F—{ G) )
—
Item Control Parameter
1 31 faders Fader positions
2 High pass filter control knob High pass filter cut off frequency
3 IN switch High pass filter in/out
4 Low pass filter control knob Low pass filter cut off frequency
5 IN switch Low pass filter in/out
6 EQswitch EQin/out
7 SLOPE switch Selects low pass filter as 6 dB or 12 dB
8 Qswitch 2$I(eocr::t(§ r:\:t()g; ralf)proportional (PROP.)
9 IN switch Switches 200 Hz - 20 kHz notch filter in/out
10 Notch filter control knob 200 Hz - 20 kHz notch filter frequency
1 IN switch Switches 20 Hz - 2 kHz notch filter in/out
12 Notch filter control knob 20 Hz - 2 kHz notch filter frequency
13 SLOPE switch Selects high pass filter as 6 dB or 12 dB
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DYN (dynamic) safe

The following diagram details the matrix parameters protected by the DYN safe. Only the corrective compressor is shown, but this is typically the same for the other
compressor modes (adaptive, creative, vintage and shimmer).

Overview

Overview

i Mol Mtx1 (& |

Mol Mtx1

matrix overview

Internal

0 5 1015 20 25 30 35

matrix overview Compressor
in GUI channel processing area in
strip GUI channel strip

Item Control Parameter

1 DYN/[CMP] switch Compressor on/off

2 release control knob Compressor release

3 threshold control knob Compressor threshold

4 KNEE pushbutton Compressor knee selector: hard, medium and soft
5 IN switch Compressor sidechain in/out

6 freq control knob Compressor sidechain frequency

7 WIDTH pushbutton E%TETSS:{ ::Le(c)gaglcr/idth selector:

8 ratio/range/[ratio] control knob Compressor ratio

9 attack control knob Compressor attack

0| et S i
" make up control knob Compressor gain
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MIC safe

The following diagram details the matrix parameters protected by the MIC (configuration) safe

Insert and
configuration
processing areain
GUI channel strip

matrix overview
in GUI channel
strip

Overview

" mo1 Mitx1
fadd [ o=t ]

. AR Unassigned

bus trim

=

il

insert
1128 (Source 1 )

Ifx9 (Outl)

Item Control Parameter
1 Control knob Directinput level
2 PRE switch Directinput pre- in/out

AUTO (automation) safe

All of the matrix channel parameters are protected by AUTO (automation) safe — except, of course, for the ones unaffected by the safes (see “Matrix parameters not
affected by the safes”).
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E N MUTE safe
The following diagram details the matrix parameters protected by the MUTE safe.

Insert and
Faderprocessing configuration
area in GUI processing areain

channel strip GUI channel strip

: 1 Ove e . Overview
0 B T Mol Mtx1 B
Unassigned
bus trim
1
rce 1)
Ifx9 (Out1)

Item Control Parameter
1 MUTE switch Mute on/off
2 MUTE switch Direct input mute on/off
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FADER safe
The following diagram details the matrix parameters protected by the FADER safe.

matrix overview Fader processing
in GUI channel are in GUI
strip channel strip

| Overview
w1 Mtx1

Overview
~ mor Mitx1

Tatrix overview [
Ei = dir in
= & Oy
L \ [safes ‘
= <

insert ‘ = 0

=

U
It BlEe |

=

E=

':&a

masters

sis ¥ ST

-

. 4
[ o
’ ‘
mono level
SIS image

Insert and
configuration
processing area in
GUI channel strip

Overview
i MOl Mtxl

Unassigned

T

1129 (Source 1)

1128 (Out1)

4

Item Control(s) Parameter

1 Fader Fader level

2 bus trim control knob Bus trim level

3 delay control knob Delay time

4 ST switch, MON switch Linking to stereo/mono master fader switch

(EN
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Masters

The master safes are selected via the channel safes section of the channel strip in the mix bay (control surface) or the output channel safes section of insert and
configuration processing area (GUI channel strip).

Overview

M Left

Unassigned

e

bus trim

»

e ==

|
I~ - A
gaell -],

ke

15
a
5
3
o

-2

s

E

B

a
{1
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Master parameters not affected by the safes
The following shows you which master parameters are not affected by each safe.

Insert and
Fader processing configuration
area in GUI processing area in
channel strip GUI channel strip

Overview Overview
M Left B

Unassigned

e = ’I ’I

‘l»u-,mm 5 ° I

o

O Uh W O N O =

Item Control Parameter

1 B switch Solo B on/off

2 SOLO switch Solo on/off

3 MICswitch Mic safe on/off

4 FADER/[FDR] switch Fader safe on/off

5 MUTE/[MTE] switch Mute safe on/off

6 AUTO/[AUT] switch Automation safe on/off
7 EQ switch EQ safe on/off

8 DYN switch Dynamic safe on/off

9 SOLO switch Direct input solo on/off
10 B switch Direct input solo B on/off
" LNK switch Stereo linking

12 Field GEQ assignment

(EN
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EQ safe

The following diagram details the master parameters protected by the EQ safe.

EQ processing

masteroverviewin areain GU_l
GUI channel strip channel strip

Overview Overview

S m Left

master overview

2 2
= |
1
parametric ‘
handd‘H b,
-
= H
e
2
6
2

Item Control Parameter
1 EQ switch EQ on/off
2 gain control knob EQ gain level
3 width control knob EQwidth
4 freq control knob EQ frequency
" . Selects band 6 shelving modes: bell, soft,
> SHAPE switch low pass 6 dB or low pass 12 dB
. ) Selects band 1 shelving modes: bell, warm,
6 SHAPE switch high pass 6 dB or high pass 12 dB
7 SHAPE switch Selects band 2 shelving modes: bell or high pass 24 dB

*Not shown in diagram.
Note: Although bands 1 and 6 are not shown above, the items in the table also apply. Both bands have items 2, 3 and 4. Additionally, band 1 has item 6,
and band 6 has item 5.
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Lo—p—1—tle 1li—1 r
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13 121110 9 8
Item Control Parameter
1 31 faders Fader positions
2 High pass filter control knob High pass filter cut off frequency
3 IN switch High pass filter in/out
4 Low pass filter control knob Low pass filter cut off frequency
5 IN switch Low pass filter in/out
6 EQ switch EQin/out
7 SLOPE switch Selects low pass filter as 6 dB or 12 dB
8 Qswitch Selects Qmode as proportional (PROP.) or constant (CON.)
9 IN switch Switches 200 Hz - 20 kHz notch filter in/out
10 Notch filter control knob 200 Hz - 20 kHz notch filter frequency
1 IN switch Switches 20 Hz - 2 kHz notch filter in/out
12 Notch filter control knob 20 Hz - 2 kHz notch filter frequency
13 SLOPE switch Selects high pass filter as 6 dB or 12 dB

(EN
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DYN (dynamic) safe

The following diagram details the master parameters protected by the DYN safe. Only the corrective compressor is shown, but this is typically the same for the other

compressor modes (adaptive, creative, vintage and shimmer).

master overview in

e

5ol ;

EE Ooooog)

pEREEEERE]

s | B

Compressor
processing area in
GUI channel strip

™' overview

master overview

Internal

0 3 1015 20 25 3038

Item Control Parameter

1 CMP switch Compressor on/off

2 release control knob Compressor release

3 threshold control knob Compressor threshold

4 KNEE pushbutton Compressor knee selector: hard, medium and soft
5 IN switch Compressor sidechain in/out

6 freq control knob Compressor sidechain frequency

7 WIDTH pushbutton Compressor sidechain width: 2 Oct, 1 0ct or 0.3 Oct
8 ratio/range/[ratio] control knob Compressor ratio

9 attack control knob Compressor attack

10 MODE pushbutton SionTapgr:sosrosrhr?rgieer— corrective, adaptive, creative,
1 make up control knob Compressor gain




329 PRO X User Manual

MIC safe
The following diagram details the master parameters protected by the MIC (configuration) safe.

Insert and
configuration
master overview in processing area in
GUI channel strip GUI channel strip

W overview ' overview

S moLeft m Left

master overview
T Unassigned

bus trim

pevee

ol € 55
oF)ek Coooo)
EilA3aaaaanas

L
Unassigned

Item Control Parameter

1 Control knob Directinput level

2 PRE switch Directinput pre- in/out

AUTO (automation) safe

All of the master channel parameters are protected by AUTO (automation) safe — except, of course, for the ones unaffected by the safes (see “Aux parameters not
affected by the safes”).
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E N MUTE safe
The following diagram details the master parameters protected by the MUTE safe.

Insert and
Fader processing configuration
areain GUI processing area in
channel strip GUI channel strip

Overview Overview

Cm Left  [&) m  Left

Unassigned

=]

hus trim

Item Control Parameter
1 MUTE switch Mute on/off
2 MUTE switch Direct input mute on/off
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FADER safe
The following diagram details the master parameters protected by the FADER safe.

Overview Overview
m Left

Item Control Parameter
1 Fader Fader level
2 bus trim control knob Bus trim level
3 delay control knob Delay time

(EN
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EN Groups
The group safes — mute (MTE) and fader (FDR) — are selected via the VCA Groups screen of the GUI (shown below).

“ VCA Groups

L Aux Sends: i Masters:

EQ safe
Not applicable.

Dynamic safe
Not applicable.

Mic safe
Not applicable.
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Automation safe

The following diagram shows the parameters of the VCA groups protected by the MTE (mute) safe.

|

N

Item Control Parameter
1 MUTE switch Mute on/off
2 B switch Solo B on/off
3 SOLO switch Solo on/off
4 Fader Fader level

(EN
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Mute (MTE) safe

The following diagram shows the parameters of the VCA groups protected by the MTE (mute) safe.

|

N

Control

Parameter

MUTE switch

Mute on/off
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Fader (FDR) safe

The following diagram shows the parameters of the VCA groups protected by the FDR (fader) safe.

|

N

Control

Parameter

Fader

Fader level

(EN
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Appendix N: Parameters Affected By Copy And Paste

This appendix shows the input and output channel parameters affected by copy and paste operations, which are selected via the copy and paste buttons on the GUI
(see “Using copy and paste” in chapter 9).

The structure of this appendix is intended to follow the way that copy and paste operates, that is, by channel or processing area.

Inputs
This section shows you which input channel parameters are affected by copy and paste.

Configuration
The following diagram shows the parameters of the input configuration section affected by copy and paste.

input channel Configuration processing
overview in GUI area in GUI channel strip
channel strip and GUI input fast strip

Overview

NS overview

-y
+ *

] ]
* ’
stage box
fitker ik

N7 FLOOR

Mic Split1 (In7 )

Item Control Parameter

1 gain trim control knob Digital trim

2 @ switch Phase invert on/off switch

3 Control knob Direct output level

4 B switch Direct output solo B on/off
Direct output tap-off point: “Post-fade and mute”,

5 Pushbutton “Pre-mute, pre-processing” and
“Pre-mute, post-processing”

6 €/0 switch g&dﬂ IOII spgle)s;:]g Dyn.—>Ins.—EQor

7 delay control knob Delay time

8 stage box control knob Gain of remote amplifier

9 30 Hz filter switch 30 Hz filter in/out

10 LINK OPT. pushbutton Stereo linking options
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Compressor

This section shows the compression parameters of the input dynamics section affected by copy and paste.

input channel Compressor

overview in GUI
channel strip

processing areain
GUI channel strip

BN overview

m: Micl

Inpt chanmnal swerdas

*

Unassigned

Item Control Parameter

1 ON/[CMP] switch Compressor on/off

2 threshold control knob Compressor threshold

3 release control knob Compressor release

4 make up control knob Compressor make up gain

5 attack control knob Compressor attack

6 ratio/range/[ratio] control knob Compressor ratio

7 MODE pustbuttn wdapie e andinzge
8 KNEE pushbutton Compressor knee: hard, medium or soft

9 IN switch Compressor sidechain in/out

10 freq control knob Compressor sidechain frequency

1 WIDTH pushbutton Compressor sidechain width: 2 Oct, 1 Oct or 0.3 Oct

Note: Only the corrective compressor is shown above, but this is typically the same for the other compressor modes (adaptive, creative and vintage).

(EN
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Gate

This section shows the gate parameters of the input dynamics section affected by copy and paste.

i

i=He - EER

input channel Gate processing
overview in GUI areain GUI
channel strip channel strip

Overview

m Micl

o s 1015 20 25 30 38

005 see 2
release

-0 2s
threshold

Unassigned

u N OV WD

~N

Item Control Parameter

1 ON/[GTE] switch Gate on/off

2 threshold control knob Gate threshold

3 release control knob Gate release

4 attack control knob Gate attack

5 ratio/range/[range] control knob Gate range

6 hold control knob Gate hold

7 IN switch Gate sidechain in/out

8 freq control knob Gate sidechain frequency

9 WIDTH pushbutton Gate sidechain width: 2 Oct, 1 Oct or 0.3 Oct
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EQ

This section shows the parameters of the input EQ section affected by copy and paste.

Configuration
processing area in
GUI channel strip

Unassigned hdl

EQprocessingarea
in GUI channel
strip

Overview?

w1 Micl

input channel
overview in GUI
channel strip

BN overview
ms Micl =

Item Control Parameter

1 EQ switch EQ on/off

2 gain control knob EQ gain level

3 width control knob EQwidth

4 freq control knob EQ frequency

5 SHAPE switch Treble shelving mode: peaking, bright, classic or soft
6 SHAPE switch Bass shelving mode: peaking, deep, classic or warm
7 SLOPE pushbutton High pass filter slope 12dB or 24dB

8 SLOPE pushbutton Low pass filter slope 6dB or 12dB

9 high pass control knob High pass filter frequency

10 low pass control knob Low pass filter frequency

n BN switch High pass filter infout

12 /1N switch Low pass filter in/out
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Bus sends

This section shows the parameters of the input mix sections affected by copy and paste.

GUl input
fast strip

input channel
overview in GUI
channel strip

BN overview

s

Item Control Parameter

1 ON switch Bus send on/off

2 level/pan control knob Bus level, or pan when bus is linked

3 PRE switch Pre-fader on/off

4 Control knob Bus level

5 On switch Aux bus send on/off — only available when aux bus is
in group mode

6 MINUS switch Aux bus send mute on/off — only available when aux

bus is in mix minus mode

Note: Only matrix sends 1 to 8 are shown above, but a copy/paste operation affects all aux and matrix sends.
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Master routing

This section shows the parameters of the input master routing affected by copy and paste.

input channel
overview in GUI
channel strip

EENS overview

mi Micl =
e

Masters processing
area in GUI

channel strip GUlinput

BN @™ Overv

home

N Micl

fast strip

Item Control Parameter

1 ST switch Stereo on/off

2 MON switch Mono on/off

3 SIS switch Spatial imaging system on/off

' Panning cotrol knobs SuroundpaneingGncles fsuround
5 Fader Level

6 MUTE switch Mute on/off

7 B switch Solo B on/off

(EN
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Aux

This section shows you which aux channel parameters are affected by copy and paste.

Configuration

The following diagram shows the configuration parameters affected by copy and paste.

aux send
overview in GUI
channel strip

| Overview

Asl AuUXS1

aux send overview

Insert and configuration
processing area in GUI
channel strip
Overview

ast AuxS1
TC/AUD (TC1L})

=]

Item Control Parameter

1 MODE pushbutton Bus mode: mix, group or mix minus

2 bus trim control knob Bus trim level

3 Control knob Directinput level

4 B switch Directinput solo B on/off

5 PRE switch Directinput pre- in/out

6 delay control knob Delay time

7 €/0 switch S(rzdﬂ IOII SPEIEJS;:PQ Dyn.—Ins.—~EQor
8 LINK OPT. button Stereo linking options
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Compressor

This section shows the compression parameters of the dynamics section affected by copy and paste. Only corrective compressor shown below, but this is typically the
same for the other compressor modes.

Gate
Not applicable.

Overview

Asl AUXS1

B8 Overview

As1 AuUxS1

e

release

Internal

Note: Only the corrective compressor is shown above, but this is typically the same for the other compressor modes (adaptive, creative, vintage and shimmer).

Item Control Parameter

1 DYN/[CMP] switch Compressor on/off

2 release control knob Compressor release

3 threshold control knob Compressor threshold

4 KNEE pushbutton Compressor knee: hard, medium or soft

5 IN switch Compressor sidechain in/out

6 freq control knob Compressor sidechain frequency

7 WIDTH pushbutton Compressor sidechain: 2 Oct, 10ct or 0.3 Oct

8 ratio/range/[ratio] control knob Compressor ratio

9 attack control knob Compressor attack

10 MODE pushbutton Cpmpressor mode: corrective, adaptive, creative,
vintage or shimmer

1 make up control knob Compressor gain

(EN
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EQ (GEQ)

This section shows the parameters of the EQ section, including the GEQ, affected by copy and paste.

aux send EQ processing
overview in GUI area in GUI
channel strip channel strip

| Overview Overview

a1 Auxsl 1 Auxsl

f

i
aiix send overview | ‘
dir in | |

“ldyn - |
—_—

i
B |
DER 4
mar] | 7 soue =l
" e - e 2
| IEI \
| _1
| B -
1 ‘ 2
B
L-F
5
2
Item Control Parameter
1 EQ switch EQ on/off
2 gain control knob EQ gain level
3 width control knob EQ width
4 freq control knob EQ frequency
5 SHAPE switch Bfind 1 shelving mode: bell, warm, high pass 6 dB or
high pass 12 dB
6 SHAPE switch Band 2 shelving mode: bell or high pass 24 dB
7 SHAPE switch Band 6 shelving mode: bell, soft, low pass 6 dB or low
pass 12.dB

*Not shown in diagram.
Note: Although band 6 is not shown above, the items in the table also apply. The band has items 2, 3 and 4, and also includes item 7.
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Item Control Parameter
1 31 faders Fader positions
2 High pass filter control knob High pass filter cut off frequency
3 IN switch High pass filter in/out
4 Low pass filter control knob Low pass filter cut off frequency
5 IN switch Low pass filter in/out
6 EQ switch EQin/out
7 SLOPE switch Low pass filter: 6 dB or 12 dB
8 Qswitch Qmode as proportional (PROP.) or constant (CON.)
9 IN switch 200 Hz - 20 kHz notch filter in/out
10 Notch filter control knob 200 Hz - 20 kHz notch filter frequency
1 IN switch 20 Hz - 2 kHz notch filter in/out
12 Notch filter control knob 20 Hz - 2 kHz notch filter frequency
13 SLOPE switch High pass filter: 6 dB or 12 dB
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EN ) Bus sends
This section shows the parameters of the mix buses affected by copy and paste.

safes
mute

auto @
fader @

level

o

Note: Although only matrix sends 1-2 are referenced above, this also applies to all matrix sends.

input channel
overview in GUI
channel strip

Overview

AS1 AUXS1

aux send overview

an

rMiNuS

Item Control Parameter

1 ON switch Matrix bus send on/off

2 level/pan control knob Bus level, or pan when bus is linked
3 PRE switch Pre-fader on/off

4 level control knob Bus level
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Master routing

This section shows all the parameters of the master routing section affected by copy and paste.

ual

safes
mute

auto @

aux send
overview in GUI
channel strip

Masters processing
area in GUI
channel strip

fader @
3
MOoA(] 4
Q F level 2 1 4 4
N
. o)
( )
Item Control Parameter
1 ST switch Stereo on/off
2 MON switch Mono on/off
3 SIS switch Spatial imaging system on/off
4 Panning control knobs Surround panning (includes all surround
sound parameters)
5 Fader Level
6 MUTE switch Mute on/off
7 B switch Solo B on/off

S @™ Overvil
as1 AuUXS1

N =NYNO

(EN



EN)

348 PRO X User Manual

Return

This section shows you which return channel parameters are affected by copy and paste.

Configuration

The following diagram shows the configuration parameters affected by copy and paste.

DL351
Modular I/0

LI
o o o

DL431 Mic
Splitter

DL451
Modular I/0

Configuration
processing area in
GUI channel strip

DL251Audio
System 1/0

Item Control Parameter
1 Stage box control knob Gain of remote amplifier
2 LINK OPT. button Stereo linking options

Compressor
Not applicable.

Gate
Not applicable.

EQ
Not applicable.
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Bus sends

This following diagram shows the return parameters of the mix sections affected by copy and paste.

Note: Although only matrix sends 1-2 are referenced above, this applies to all 16 matrix sends.

Item Control Parameter

1 ON switch Matrix bus send on/off

2 level/pan control knob Bus level, or pan when bus is linked
3 PRE switch Pre-fader on/off

4 level control knob Bus level

(EN
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Master routing
This section shows all the parameters of the master routing affected by copy and paste.

aux send Masters processing
overview in GUI areain GUI
channel strip channel strip

Overvie N ™ Overvi

A R AR1 AyuxR1 f

N NOY —

mond level
SIS image 4

2 1 4 4
Item Control Parameter
1 ST switch Stereo on/off
2 MON switch Mono on/off
3 SIS switch Spatial imaging system on/off
4 Panning control knobs i:;;oiggrgx‘;?g)(lncIudes all surround
5 Fader Level
6 MUTE switch Mute on/off
7 B switch Solo B on/off
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Matrix
This section shows you which matrix channel parameters are affected by copy and paste.

Configuration
The following diagram shows the configuration parameters affected by copy and paste.

Compressor
matrix overview processing areain
in GUI channel strip GUI channel strip
Overvie S Overview

0 mor Mix1 &

AIE Unassigned [ == ||
= ol =B

link fader

ource 1)

1128 (Out1)

Item Control Parameter

1 bus trim control knob Bus trim level

2 Control knob Directinput level

3 B switch Direct input solo B on/off

4 PRE switch Direct input pre- in/out

5 delay control knob Delay time

6 /0 switch (E’adi |0; sprifle;;ll‘nq Dyn.—Ins.—EQor
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Compressor

This section shows all the compression parameters of the dynamics section affected by copy and paste.

Overview

0 Mo Mitx1 =]

Internal

o 5 10 15 20 25 30 33

Compressor
processing areain
GUI channel strip

matrix overview
in GUI channel strip

Note: Only the corrective compressor is shown above, but this is typically the same for the other compressor modes
(adaptive, creative, vintage and shimmer).

Item Control Parameter

1 DYN/[CMP] switch Compressor on/off

2 release control knob Compressor release

3 threshold control knob Compressor threshold

4 KNEE pushbutton Compressor knee: hard, medium or soft

5 IN switch Compressor sidechain in/out

6 freq control knob Compressor sidechain frequency

7 WIDTH pushbutton Compressor sidechain width: 2 Oct, 1 0ct or 0.3 Oct
8 ratio/range/[ratio] control knob Compressor ratio

9 attack control knob Compressor attack

10 MODE pushbutton SionTapgr:sosrosrhrinrg:ineé rcorrective, adaptive, creative,
n make up control knob Compressor gain

Gate
Not applicable.
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EQ (GEQ)
This section shows the parameters of the EQ section (including the GEQ) affected by copy and paste.
EQ processing

matrix overview area in GUI
in GUI channel strip channel strip

Overview Overview

mor Mtx1

matrix overview

g
B
= 2
:
) |
H i 4
. — 2
band 3 a
2
5
2
Item Control Parameter
1 EQ switch EQ on/off
2 gain control knob EQ gain level
3 width control knob EQ width
4 freq control knob EQ frequency
5 SHAPE switch Band 6 shelving mode: bell, soft, low pass 6 dB or
low pass 12 dB
6 SHAPE switch Band 2 shelving mode: bell or high pass 24 dB
7% SHAPE switch B;nd 1 shelving mode: bell, warm, high pass 6 dB or
high pass 12 dB

*Not shown in diagram.

Note: Although bands T and 6 are not shown above, the items in the table also apply. Both bands have items 2, 3 and 4. Band 1 also has item 7,
and band 6 also has item 5.
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Item Control Parameter
1 31 faders Fader positions
2 High pass filter control knob High pass filter cut off frequency
3 IN switch High pass filter in/out
4 Low pass filter control knob Low pass filter cut off frequency
5 IN switch Low pass filter in/out
6 EQ switch EQin/out
7 SLOPE switch Low pass filter: 6 dB or 12 dB
8 Qswitch Qmode as proportional (PROP.) or constant (CON.)
9 IN switch 200 Hz - 20 kHz notch filter in/out
10 Notch filter control knob 200 Hz - 20 kHz notch filter frequency
1 IN switch 20 Hz - 2 kHz notch filter in/out
12 Notch filter control knob 20 Hz - 2 kHz notch filter frequency
13 SLOPE switch High pass filter: 6 dB or 12 dB

Bus sends
Not applicable.
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Fader section
This section shows all the parameters of the master routing affected by copy and paste.

3
Fader processing
area in GUI
channel strip
c 1 Ove &
: ]
—_—
e
|
1
safes
mute
auto @
fader @
level
oo
[\__]
Item Control Parameter
1 MUTE switch Mute on/off
2 B switch Solo B on/off
3 Fader Level
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Master
This section shows you which master channel parameters are affected by copy and paste.

Configuration
The following diagram shows the configuration parameters affected by copy and paste.
Insertandconfiguration

masteroverview processing area in GUI
in GUI channel strip channel strip

Overview Overview

master overview
T Unassigned

=]

bus trim 6 r

insert
Unassigned

Unassigned

Item Control Parameter

1 bus trim control knob Bus trim level

2 Control knob Direct input level

3 B switch Directinput solo B on/off

4 PRE switch Directinput pre- in/out

5 delay control knob Delay level

6 /0 switch (E)Bdi r:fE;S;:g Dyn.—Ins.—EQor
7 LINK OPT. button Stereo linking options
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Compressor

This section shows the compression parameters of the dynamics section affected by copy and paste. Only corrective compressor shown below, but typically the same

for the other compressor modes.

Overview

m | eft

Overview

Gate
Not applicable.

-
ot o o

Internal

o 5 10 15 20 25 30 35

masteroverviewin Compressor
GUI channel strip

processing area in
GUI channel strip

Note: Only the corrective compressor is shown above, but this is typically the same for the other compressor modes (adaptive, creative, vintage and shimmer).

Item Control Parameter

1 DYN/[CMP] switch Compressor on/off

2 release control knob Compressor release

3 threshold control knob Compressor threshold

4 KNEE pushbutton Compressor knee: hard, medium or soft

5 IN switch Compressor sidechain in/out

6 freq control knob Compressor sidechain frequency

7 WIDTH pushbutton Compressor sidechain width: 2 Oct, 1 0ct or 0.3 Oct
8 ratio/range/[ratio] control knob Compressor ratio

9 attack control knob Compressor attack

10 MODE pushbutton ‘Sionr?apgr:sosfsrhl?rg?nee: rcorrective, adaptive, creative,
n make up control knob Compressor gain

(EN
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EQ (GEQ)

The following diagram shows the parameters of the EQ section (including the GEQ) affected by copy and paste.

Overview

EQ processing
area in GUI
channel strip

B |
t
- |
@ | )
= S
IEI I
parametric
mnuq'a
2
bamu'a
—
2
6 16
gain
parametric
6

Item Control Parameter

1 EQswitch EQ on/off

2 gain control knob EQ gain level

3 width control knob EQwidth

4 freq control knob EQ frequency

5 SHAPE switch Band 6 shelving mode: bell, soft, low pass 6 dB or low
pass 12 dB

6 SHAPE switch Band 2 shelving mode: bell or high pass 24 dB

7% SHAPE switch Band 1 shelving mode: bell, warm, high pass 6 dB or

high pass 12 dB

*Not shown in diagram.
Note: Although bands 1and 6 are not shown above, the items in the table also apply. Both bands have items 2, 3 and 4.

Band 1 also has item 7, and band 6 also has item 5.
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Item Control Parameter
1 31 faders Fader positions
2 High pass filter control knob High pass filter cut off frequency
3 IN switch High pass filter in/out
4 Low pass filter control knob Low pass filter cut off frequency
5 IN switch Low pass filter in/out
6 EQswitch EQin/out
7 SLOPE switch Low pass filter: 6 dB or 12 dB
8 Qswitch Q mode as proportional (PROP.) or constant (CON.)
9 IN switch 200 Hz - 20 kHz notch filter in/out
10 Notch filter control knob 200 Hz - 20 kHz notch filter frequency
1 IN switch 20 Hz - 2 kHz notch filter in/out
12 Notch filter control knob 20 Hz - 2 kHz notch filter frequency
13 SLOPE switch High pass filter: 6 dB or 12dB

Bus sends
Not applicable.
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Master routing

This section shows all the parameters of the master routing affected by copy and paste.

Fader processing
area in GUI
channel strip

Overview
T m Left |

Item Control Parameter

1 MUTE switch Mute on/off
2 B switch Solo B on/off
3 Fader Level
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Appendix O: Parameters Affected By Stereo Linking

This appendix shows the parameters that are linked per control area (selectable globally and per pair).

Inputs

This section shows the linked parameters of the input channels.

Input controls

The following diagram shows the input control parameters that are linked across a channel pair.

gain rim

-3 O

Input channel Configuration
overview in GUI processing area in GUI
channel strip channel strip

' overview

N7 FLOOR

Mic Split1 (In7 )

i
—

Item Control Parameter

1 gain trim control knob Digital trim level

2 48V switch* 48V phantom voltage on/off

3 30 Hz switch 30 Hz filter in/out

4 /0 switch* (E)(rldi (:1; Er(fsns;nlg Dyn.— Ins. — EQor

* Applicable to tape and primary inputs.

(EN
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Direct output

The following diagram shows the direct output control parameters that are linked across a channel pair.

Direct input
Not applicable.

Input channel Configuration
overview in GUI processing area in GUI
channel strip channel strip

NS Overview i overview

w7 FLOOR

it (In7)

Item Control Parameter
1 Control knob Direct output level
2 B switch Direct output solo B in/out
Direct output tap-off point: “Post-fade and mute”,
3 Pushbutton “Pre-mute, pre-processing” or “Pre-mute,

postprocessing”
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Filters

The following diagram shows the parameters of the filters section affected by stereo linking.

=

ublusu‘u"_.

Lt A=z %
E%gi Unassigned ol
54 @
1 : 6
5
4
Dyn. Ins. EQ
gain rim
o) Configuration
processing area in GUI
channel strip
Item Control Parameter
1 SLOPE pushbutton Low pass filter slope 6 dB or 12 dB
2 low pass control knob Low pass filter in/out
3 =/ 1iN) switch Low pass filter in/out
4 B/ (iN) switch High pass filter in/out
5 high pass control knob High pass filter frequency
6 SLOPE pushbutton High pass filter slope 12 dB or 24 dB

(EN
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E N ) Dynamics
The following diagram shows the compressor and gate parameters of the dynamics section affected by stereo linking.

input channel Compressor Gate processing
overview in GUI processing areain areain GUI
channel strip GUI channel strip channel strip

Overview
m Micl [

5 5 1015 20 25 30 38 I

Unassigned

Unassigned

Note: Only the corrective compressor is shown above, but this is typically the same for the other compressor modes (adaptive, creative and vintage).

Item Control Parameter

1 ON/[CMP] switch Compressor on/off

2 threshold control knob Compressor threshold

3 release control knob Compressor release

4 make up control knob Compressor make up gain

5 attack control knob Compressor attack

6 ratio/range/[ratio] control knob Compressor ratio

7 MODE pushbutton Compressor mode: corrective, adaptive, creative or vintage
8 KNEE pushbutton Compressor knee: hard, medium or soft

9 IN switch Compressor sidechain in/out

10 freq control knob Compressor sidechain frequency

1 WIDTH pushbutton Compressor sidechain width: 2 Oct, 1 0ct or 0.3 Oct
12 ON/[GTE] switch Gate on/off

13 threshold control knob Gate threshold

14 release control knob Gate release

15 attack control knob Gate attack

16 ratio/range/[range] control knob Gaterange

17 hold control knob Gate hold

18 IN switch Gate sidechain in/out

19 freq control knob Gate sidechain frequency

0 WO e e

Note: The compressor and gate sidechains of stereo paired channels are always linked such that they ensure the same amount of gain reduction is
applied to both channels.
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Insert
The following diagram shows the parameters of the insert section affected by stereo linking.

input channel
overview in GUI
channel strip

NS overview

assigned @

NS

Insert processing
area in GUI channel strip

Overview
- m Micl

Item Control Parameter

1 INS switch Insert in/out

(EN
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EQ
@ The following diagram shows the EQ parameters affected by stereo linking.

input channel

EQprocessingarea overview in GUI
in GUI channel strip channel strip
Overvie EEES overview
:
4 5
2
3
1
4
3 2
4
2
3
W B0 s bass
4 R 6
L
g © 2
- gain
‘width parametric
Item Control Parameter
1 EQ switch EQ on/off
2 gain control knob EQ gain level
3 width control knob EQ width
4 freq control knob EQ frequency
5 SHAPE switch Treble shelving mode: peaking, bright, classic or soft
6 SHAPE switch Bass shelving mode: peaking, deep, classic or warm
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Bus sends

The following diagram shows the input bus sends affected by stereo linking.

Aux.buses ) input channel
processing area in overview in GUI
GUI channel strip channel strip
GUlinput

[ XTNQVIT\0E fast strip NS overview

m Micl ~ma - m Micl C

I —

Note: Although only aux sends 1-2 are referenced above, this also applies to all pairs of aux and matrix sends.

Item Control Parameter
1 ON switch Bus send on/off
Bus level, or pan when bus is linked. (When sending
2 level/pan control knob onto a stereo bus the send pan controls are not linked.)
3 PRE switch Pre-fader on/off
4 level control knob Bus level
) Aux bus send on/off — only available when aux bus is
5 On switch .
in group mode
6 MINUS switch Aux bus send mute on/off — only available when aux

bus is in mix minus mode

(EN
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EN Master routing
The following diagram shows the parameters of the master routing affected by stereo linking.

input channel Masters processing
overview in GUI areain GUI
channel strip channel strip

BN overview EEEE @™ Overv
m Micl ' mn Micl

Item Control Parameter

1 ST switch Stereo on/off

2 MON switch Mono on/off

3 SIS switch Spatial imaging system on/off
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Fader

The following diagram shows the fader parameters affected by stereo linking.

( tnput |

input channel Masters processing
overview in GUI areain GUI
channel strip channel strip GUlinput
U B % Overv fast strip
w1 Micl
""" =
i
L
q
e 2
e
O ] 1
= a
3
4 4
Item Control Parameter
. Mono send level. (Only linked when SIS is out on both
1 mono level/SIS image control knob :
channels and surround mode is not selected.)
2 Fader Fader level
3 B switch Solo B in/out
) Surround panning (includes all surround sound
4 Panning control knobs p g(

parameters)

(EN



370 PRO X User Manual

E N ) Delay
The following diagram shows the delay parameters affected by stereo linking.

unk sam
oFT. Siiar|

direct output

e
;g ﬁ Configuration

% i processing area in GUI
prececana (2] channel strip
ed

Dyn. Ins. EQ
Item Control Parameter
1 delay control knob Delay time
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Aux
This section shows the linked parameters of the aux channels.

Input controls

The following diagram shows the input control parameters that are linked across the channel pair.

@] Insert and configuration
processing area in GUI
channel strip

s
oFt.

directinput

2 =

unassionea |
processing order 5
-l
2
Dyn. Ins. EQ

Item Control Parameter
1 bus trim control knob Bus trim level
3 €/0 switch Order of processing: Dyn. — Ins. — EQ or

EQ — Ins. —> Dyn.

(EN
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Direct output
Not applicable.

Direct input

The following diagram shows the direct input control parameters that are linked across the channel pair.

Filters
Not applicable.

it BERD I

=i

aux send Compressor
overview in GUI processing areain
channel strip GUI channel strip

Overview Overview

a1 AUXS1

TC/AUD (TC1L ) ][ o=

Asl. AuxS1

aux send overview

=

Fooe

‘Ims(rim

Item Control Parameter

1 Control knob Directinput level

2 B switch Directinput solo B on/off
3 PRE switch Direct input pre-in/out
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Dynamics

The following diagram shows the compression parameters of the dynamics section affected by stereo linking. Only corrective compressor shown below, but this is
typically the same for the other compressor modes.

Asl AuxS1l

Overview B overview

| 451 AuxS1

)
dir in |

)

aux send overview

=

s sx0

2P0
aar]| 7 1bue S,
y afrm threshold

101 31

mix == |

Internal

o 5 1015 20 23 30 38

aux send Compressor
overview in GUI processing areain
channel strip GUI channel strip

Note: Only the corrective compressor is shown above, but this is typically the same for the other compressor modes (adaptive, creative, vintage and shimmer).

Item Control Parameter

1 DYN/[CMP] switch Compressor on/off

2 release control knob Compressor release

3 threshold control knob Compressor threshold

4 KNEE pushbutton Compressor knee: hard, medium or soft

5 IN switch Compressor sidechain in/out

6 freq. control knob Compressor sidechain frequency

7 WIDTH pushbutton Compressor sidechain width: 2 Oct, 1 0ct or 0.3 Oct

8 ratio/range/[ratio] control knob Compressor ratio

9 attack control knob Compressor attack

10 MODE pushbutton Cgmpressor mode: corrective, adaptive, creative,
vintage or shimmer

n make up control knob Compressor gain

(EN
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Insert
@ The following diagram shows the parameters of the insert section affected by stereo linking.

Insert and configuration
processing area in GUI auxsend overview in
channel strip GUI channel strip

Overview Overview

ast Auxsl  [F as1 AuxS1

: aux send sverview 1
TC/AUD (TC1L) sl oo | L,'T
‘ : 2 =
k N safes I
o] i ] 0

bus trim

gy
EHiieE

7 1 it

Item Control Parameter

1 INS switch Insert in/out
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EQ

The following diagram shows the EQ and GEQ parameters affected by stereo linking.

Overview
a1 AUXS1

H
2
a

g
H
BHO [ CEEEs

1 1s
gain
parametric

5,2
o 5=
A
1o 1s
gain
parametric

H
H

parametric

(EN

aux send EQ processing
overview in GUI area in GUI
channel strip channel strip
Item Control Parameter
1 EQ switch EQ on/off
2 gain control knob EQ gain level
3 width control knob EQwidth
4 freq control knob EQ frequency
5 SHAPE switch Bgnd 1 shelving mode: bell, warm, high pass 6 dB or
high pass 12 dB
6 SHAPE switch Band 2 shelving mode: bell or high pass 24 dB
7 SHAPE switch Band 6 shelving modes: bell, soft, low pass 6 dB or low
pass 12 dB
8 GEQ All GEQ parameters. (GEQ parameters linked when both
linked channels have a GEQ assigned to them.)

*Not shown in diagram.
Note: Although band 6 is not shown above, the items in the table also apply. Band 6 has items 2, 3 and 4, and also includes item 7.
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Bus sends

The following diagram shows the bus sends affected by stereo linking.

Note: Although only matrix sends 1-2 are referenced above, this also applies to all pairs of matrix sends.

Item Control Parameter
1 ON switch Matrix bus send on/off
Bus level, or pan when bus is linked. (The pans are not
2 level/pan control knob linked, only the sends levels are linked.)
3 PRE switch Pre-fader on/off
4 level control knob Bus level
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Master routing

The following diagram shows the master routing parameters affected by stereo linking.

. L4
y 20«
’ $

mono level
SIS image

aux send
overview in GUI
channel strip

Overview
st AuxS1 )

aux send overview

Eal = dir in]

Masters processing
area in GUI
channel strip

s @ overvil
As1 AuUXS1 |

&

Item Control Parameter

1 ST switch Stereo on/off

2 MON switch Mono on/off

3 SIS switch Spatial imaging system on/off

(EN
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Fader

The following diagram shows the fader parameters affected by stereo linking.

Masters processing
area in GUI
channel strip

BN ™ Overvil
As1 AUXSL

Loa WS BB BB E
r

R

I

Item Control Parameter
1 Fader Level
2 B switch

Solo B on/off
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Delay

The following diagram shows the delay parameters affected by stereo linking.

Gbabeweepny

s
i3

direct input

=

Insert and configuration
processing area in GUI
channel strip

Item

Control

Parameter

delay control knob

Delay time

(EN



380 PRO X User Manual
Return
This section shows the linked parameters of the return channels.

Input controls
The following diagram shows the parameters of the input controls affected by stereo linking.

DL351 DL431 Mic DL451 DL251 Audio
Modular 1/0 Splitter Modular I/0O System I/O

Configuration
processing area in
GUI channel strip

Item Control Parameter
1 48V switch* 48V phantom voltage in/out
2 Flt switch* 30 Hz filter in/out

* Applies to tape and primary inputs.

Direct output
Not applicable.

Direct input
Not applicable.

Filters
Not applicable.

Dynamics
Not applicable.
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Insert
EQ

Bus sends

The following diagram shows the bus sends affected by stereo linking.

Note: Although only matrix sends 1-2 are referenced above, this also applies to all pairs of matrix sends.

Item Control Parameter
1 ON switch Matrix bus send on/off
Bus level, or pan when bus is linked. (The pans are not
2 level/pan control knob linked, only the sends levels are linked.)
3 PRE switch Pre-fader on/off
4 level control knob Bus level

(EN
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E N Master routing
The following diagram shows the parameters of the master routing affected by stereo linking.

aux send Masters processing
overview in GUI area in GUI
channel strip channel strip

Overview ™ overvi

home

" ast AuxS1

aux send overview

as1 AUXS1

&

N L4
v 1«
’ ‘
mono level
SIS image

Item Control Parameter

1 ST switch Stereo on/off

2 MON switch Mono on/off

3 SIS switch Spatial imaging system on/off
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Fader

The following diagram shows the fader parameters affected by stereo linking.

aux return Masters processing
overview in GUI areain GUI
channel strip channel strip

Overview @™ overvi

a1 AuxR1 i a1 AuxR1 !

aux return overview

&

masters

sis ¥ ST

-y
. 4
v O30
’ ‘

mong| level

SIS ithage

Item Control Parameter

1 mono level/SIS image control knob yh?;%:lesn:nlg\;ilr’r(o%nrz lrl::gg I\;v:;r; SISisouton both
2 Fader Level

3 B switch Solo B on/off

4 Surround control knobs Surround panning levels

(EN
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Delay

The following diagram shows the delay parameters affected by stereo linking.

Ove -
D
L A
Insert and configuration
processing area in GUI
channel strip
s directinput
i o 2
2
3 oGm0
]
1
v D ne En
Item Control Parameter
1 delay control knob Delay time
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Matrix < EN
This section shows the linked parameters of the matrix channels.
Input controls

The following diagram shows the input control parameters that are linked across a channel pair.

Insertand configuration
processing area in GUI
channel strip

matrix overview
in GUI channel strip

Overview

I Moy Mix1

dir In Unassigned

e

163 (Source 1)

processing order

13 (Outl)

el

Item Control Parameter

1 bus trim control knob Bus trim level

5 €/0 switch Order of processing: Dyn. — Ins. —> EQor EQ
Ins. — Dyn.

Direct output
Not applicable.
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E N ) Direct input

The following diagram shows the direct input control parameters that are linked across a channel pair.

Compressor
processing area in
GUI channel strip

matrix overview
in GUI channel strip

Overview

Wl Mitx1

dirin Unassigned ] o]
G ;r- &
B ol 0 1 a d

g

0

3

o
El
&
E)
£

159 (Source 1 )
119 (Out1)

Item Control Parameter

1 Control knob Direct input level

2 B switch Direct input solo B on/off
3 PRE switch Direct input pre-in/out

Filters
Not applicable.
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Dynamics

The following diagram shows the compressor parameters affected by stereo linking.

Note: Only the corrective compressor is shown above, but this is typically the same for the other compressor modes (adaptive, creative, vintage and shimmer).

Overvie = Overview

Internal

0 5 10 15 20 25 30 33

aux send Compressor
overview in GUI processing areain
channel strip GUI channel strip

Item Control Parameter

1 DYN/[CMP] switch Compressor on/off

2 release control knob Compressor release

3 threshold control knob Compressor threshold

4 KNEE pushbutton Compressor knee: hard, medium or soft

5 IN switch Compressor sidechain in/out

6 freq control knob Compressor sidechain frequency

7 WIDTH pushbutton Compressor sidechain width: 2 Oct, 1 0ct or 0.3 Oct

8 ratio range/[ratio] control knob Compressor ratio

9 attack control knob Compressor attack

10 MODE pushbutton Cgmpressor mode: corrective, adaptive, creative,
vintage or shimmer

1 make up control knob Compressor gain

(EN
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Insert
@ The following diagram shows the parameters of the insert section affected by stereo linking.

Insert and configuration

processing area in GUI master overview in
channel strip GUI channel strip

il Overview Overview

M Left 1 Left

master overview

[LE
Unassigned

Unassigned

Item Control Parameter

1 INS switch Insertin/out
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EQ

The following diagram shows the parameters of the EQ section affected by stereo linking.

Overview

m Left
master e_vervlew

e =

= 7/
LY safes

s

)]

parametric

100 §48 ax
¢

H
2

g

ES

:
HOE | O &E

‘ parametric

aux send EQ processing
overview in GUI area in GUI
channel strip channel strip

Item Control Parameter

1 EQ switch EQ on/off

2 gain control knob EQ gain level

3 width control knob EQwidth

4 freq control knob EQ frequency

5% SHAPE switch Band 6 shelving mode: bell, soft, low pass 6 dB or low pass 12 dB

6 SHAPE switch Band 2 shelving mode: bell or high pass 24 dB

7* SHAPE switch Band 1 shelving mode: bell, warm, high pass 6 dB or high pass 12 dB

8 GEQ All GEQ parameters. (GEQ parameters linked when both linked channels have a GEQ assigned to them.)

*Not shown in diagram.
Note: Although bands 1 and 6 are not shown above, the items in the table also apply. Both bands have items 2, 3 and 4. Band 1 also has item 7, and band 6 also has item 5.

Bus sends
Not applicable.

Master routing

Not applicable.

(EN
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EN ) Fader
The following diagram shows the fader parameters affected by stereo linking.

Fader processing
area in GUI
channel strip

S @™ Overvit

home

M Left

&

masters

LY _
1 LGN .

n
815 image

Item Control Parameter

1 B switch Solo B on/off

2 Fader Level

3 SIS switch Route to surround on/off
4 Surround control knobs Surround panning levels

Delay
The following diagram shows the delay parameters affected by stereo linking.

Overview

Insert and configuration
processing area in GUI
channel strip

bbbhlowee

Item Control Parameter

1 delay control knob Delay time




391 PRO X User Manual

Appendix P: Parameters Copied Through Scenes

This appendix shows the parameters per section — selected from the Sections panel in the Show Editor screen — that can be copied through scenes.

™" Show Editor Scene5(Copy)
Inputs [A[1]N] Aux Sends [a]i]N] GEQs [alv]m] Sections Scenelist
IN1 Mic1 AS1 Auxsl GEQ1 Geq1
IN2 Mic2 AS2 Auxs2 GEQ2 Geq2 ] config sections 0 safe
IN3 Mic3 AS3 AuxS3 GEQ3 Geq3 [¥] comp./output Dyn 1 Scenes
IN4 Micd AS4 AuxS4 GEQ4 Geqd ] Gates 2 AES50_1 from XLS8 to input
IN5 Mic5 AS5 AuxS5 GEQ5 Geq5 E £Qs 3 pan left and faders at 5 d&
IN6 Mic6 AS6 AuxS6 GEQ6 Geqé 4 pan right and faders at 5 dB
IN7 Mic7 AS7 AuxS7 GEQ7 Geq7 Aux Sends: 5 pan left and faders at min
IN8 Micg AS8 AuxS8 GEQS Geqs Wi vz e s 6 Scene5(Copy)
IN9 Mic9 AS9 AuxS9
IN10 Mic10 AS10 AuxS10 —— AL % : % : % 7 s
IN11 Mic1l AS11 AuxS11 o a - s 0 1 ha
IN12 Mic12 AS12 Aux§12 pgi Wiz Whaa [is s
IN13 Micl3 AS13 AuxS13
IN14 Mic14 AS14 AuxS14 ::: ::: Panhve Senss
IN15 Mic15 AS15 Aux§15 e ]2 ¥z s ]+
IN16 Mic16 AS16 AuxS16 P Vis Ws 7 e
IN17 Mic17 [ Me WMo Mu [
Wiz Wia (s [fls
Aux Returns [A[1]N] Matrix [a[i]N] vca/PoP [Al ]
AR1 AuxR1 MO1 Mtx1 VCA1 VCAL W]Fader Sections
AR2 AuxR2 MO2 Mix2 VICA2 VICA2 [ Recal Scope
AR3 AuxR3 MO3 Mtx3 VICA3 VCA3
AR4 AuxR4 MO4 Mtxa VCA4 VCA4 ] stere Scope
AR5 AuxRS MO5 Mtx5 VICAS VCAS ¥]Rrouting
AR6 AuxR6 MO6 Mtx6 VICAE VCA6
AR7 AuxR7 MO7 Mix7 VICA7 VCAT
ARS8 AuxR® MO8 Mtx8 VCAS VCAS
MO9 Mtx9 VICA9 VCA9
MO10 Mtx10 Masters Tal il
MO11 Mtx1l M1 Left
MO12 Mtx12 M2 Right
MO13 Mtx13 M3 Mono
MO14 Mtx14 Misc
MO15 Mtx15 Assignables
MO16 Mtx16 ” ﬁ W

Requested Add Scene Trigger Done

Typical Show Editor screen
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Inputs (input channels)
This section shows you which parameters for each of the input channels are affected by copy through scenes.

Config sections
The following diagram shows the input channel configuration processing area parameters copied through scenes.

input channel Configuration processing
overview in GUI area in GUI channel strip
channel strip and GUI input fast strip

EENS overview BN Overview

m Micl ™ [ w7 ELOOR i
= | =

Mic Split1 (In7)

—=

;.
Wafws”
l-a

Item Control Parameter
1 gain trim control Digital trim level
knoh
2 o switch Phase on/off switch
3 Control knob Direct output level
4 MODE switch Direct output tap-off point: ®eoPost-fade and mute®+,

°ooPre-mute, pre-processing®+ and “eoPre-mute, post-
processing°+

5 stage box control Remote amplifier level
knob*
6 30 Hz switch* 30Hz filter on/off
7 delay control knob Delay time
8 C/0 switch Order of processing: Dyn.—Ins.—EQ or EQ—Ins.—Dyn.
9 48V switch* 48V phantom voltage on/off
10 MUTE switch Direct output mute on/off
" B switch Direct output solo B on/off

*Applies to primary and tape inputs.
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Comp./Output Dyn

The following diagram shows the input channel compressor parameters copied through scenes.

Note: Only the corrective compressor is shown above, but this is typically the same for the other compressor modes (adaptive, creative and vintage).

input channel Compressor
overview in GUI processing area in
channel strip GUI channel strip

Unassigned

Item Control Parameter

1 ON/[CMP] switch Compressor on/off

2 threshold control knob Compressor threshold

3 release control knob Compressor release

4 make up control knob Compressor make up gain

5 attack control knob Compressor attack

6 ratio/range/[ratio] control knob Compressor ratio

7 MODE pushbutton Cpmpressor mode: corrective, adaptive, creative or
vintage

8 KNEE pushbutton Compressor knee: hard, medium or soft

9 IN switch Compressor sidechain in/out

10 freq control knob Compressor sidechain frequency

" WIDTH pushbutton Compressor sidechain: 2 Oct, 1 0ct or 0.3 Oct
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Gates

The following diagram shows the input channel gate parameters copied through scenes.

IL:I
ik

input channel Gate processing
overview in GUI area in GUI
channel strip channel strip
Dve o Overview

mi Micl [

. a o 3 1015202 3038

005 see 2
release

-50 Sugtly
threshold

Unassigned

Item Control Parameter

1 ON/[GTE] switch Gate on/off

2 threshold control knob Gate threshold

3 release control knob Gate release

4 attack control knob Gate attack

5 ratio/range/[range] control knob Gaterange

6 hold control knob Gate hold

7 IN switch Gate sidechain in/out

8 freq control knob Gate sidechain frequency

9 WIDTH pushbutton Gate sidechain width: 2 Oct, 1 Oct or 0.3 Oct

u N OV WD

~N
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EQs
The following diagram shows the input channel EQ parameters copied through scenes.

Configuration input channel
processing area in EQprocessingarea overview in GUI
GUI channel strip in GUI channel strip channel strip

Overvie i B overview
i Miel [£ | m Miel = [
— |l a 2l .
!zi:_lg i .
L 3
8y :
L 8
8 s 7 3
10
9 4
1 3
12
5/6 4
2 3
oyn. [ 1n. B £0
Item Control Parameter
1 EQ switch EQ on/off
2 gain control knob EQ gain level
3 width control knob EQ width
4 freq control knob EQ frequency
5 SHAPE switch Treble shelving mode: peaking, bright, classic or soft
6 SHAPE switch Bass shelving mode: peaking, deep, classic or warm
7 SLOPE pushbutton Low pass filter slope 6 dB or 12 dB
8 low pass control knob Low pass filter frequency
9 /[IN] switch Low pass filter in/out
10 /[IN] switch High pass filter in/out
" high pass control knob High pass filter frequency
12 SLOPE pushbutton High pass filter slope 12 dB or 24 dB
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EN ) Aux Sends
This section shows the parameters of the 16 aux sends per input channel that are copied through scenes.

Aux buses
processing area in
GUI channel strip

input channel
overview in GUI

. channel strip
GUl input

fast strip

N

W= hw=

Note: Although only aux sends 1-2 are referenced above, this also applies to all pairs of aux sends.

Item Control Parameter
1 ON switch Bus send on/off
2 level/pan control knob Bus level, or pan when bus is linked
3 PRE switch Pre-fader on/off
4 level control knob Bus level
5 On switch Aux.blfs send on/off — only available when aux
bus is in group mode
6 MINUS switch Aux bus send mute on/off — only available when aux

bus is in mix minus mode
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Matrix Sends

This section shows the parameters of the matrix sends per input channel that are copied through scenes.

GUIl input
fast strip

Note: Although only matrix sends 1-2 are referenced above, this also applies to all pairs of matrix sends.

Item Control Parameter

1 ON switch Bus send on/off

2 level/pan control knob Bus level, or pan when bus is linked
3 PRE switch Pre-fader on/off

4 level control knob Bus level

(EN
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Fader Sections

This section shows all the parameters of the input channel master routing parameters copied through scenes.

input channel
overview in GUI
channel strip

Masters processing
area in GUI
channel strip

T
e overv
w1 Micl

GUlinput
fast strip

2 1 4 4
Item Control Parameter
1 ST switch Stereo on/off
2 MON switch Mono on/off
3 SIS switch Spatial imaging system on/off
4 Panning control knobs Surround panning (includes all surround sound parameters)
5 mono level/SIS image control knob Mono level (SIS off) or SIS image (SIS on)
6 Fader Level
7 MUTE switch Mute on/off
8 B control knob Solo Bin/out
9 Field Channel name
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Recall Scope
For details, see “Inputs” in Appendix K.

Store Scope
For details, see “Inputs” in Appendix K.

Routing

The following diagram shows the input channel routing parameters copied through scenes.

insert
assigned @

Overview Overview

m Micl o Micl

Unassigned

Unassigned

Unassigned

2/3 6 4
Item Control Parameter
1 INS switch Insertin/out
2 Field Primary input source
3 Field Tape input source
4 Field Compressor sidechain source®
5 Field Gate key source*
6 Field Insert return source®

*Only automated when automate patching is on.

Overview
w1 Micl

o 5 1015 20 25 3038

release
25 o

50 25
threshold

(EN
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Aux Returns (return channels)

This section shows you which parameters for each of the 16 return channels are affected by copy through scenes.

Config sections

The following diagram shows the aux return parameters of the configuration processing area copied through scenes.

DL351
Modular I/0

|-t B2ER |
TaLe s

DL431 Mic DL451
Splitter Modular 1/0

A W N

Overview
am AuxR1 '

Unassigned

e

Configuration
processing area in
GUI channel strip

L
al©
= m
Item Control Parameter
1 Stage box control knob Remote amplifier level
2 48V switch 48V phantom voltage on/off
3 Flt switch 30 Hzfilter in/out
4 input mode switch Input zone in/out
Comp./Output Dyn
Not applicable.
Gates
Not applicable.
EQs

Not applicable.

Aux Sends
Not applicable.

DL251Audio
System I/O
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Matrix Sends

The following diagram shows the parameters of the matrix sends that are copied through scenes.

W
A

Note: Although only matrix sends 1-2 are referenced above, this also applies to all pairs of matrix sends.

Item Control Parameter

1 ON switch Matrix bus send on/off

2 level/pan control knob Bus level, or pan when bus is linked
3 PRE switch Pre-fader on/off

4 level control knob Bus level

(EN
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EN ) Fader Sections
The following diagram shows the parameters of the master routing processing area copied through scenes.

aux return Masters processing
overview in GUI area in GUI
¢ 1 —— ’ .
channel strip channel strip

Overview NS @™ Overvi

ARl AuxR1

amt AuxR1

aux return overview

i o o

4
Item Control Parameter

1 ST switch Stereo on/off

2 MON switch Mono on/off

3 SIS switch Spatial imaging system on/off

4 Panning control knobs Surround panning (includes all surround sound parameters)
5 mono level/SIS image control knob Mono level (SIS off) or SIS image (SIS on)

6 Fader Level

7 MUTE switch Mute on/off

8 SOLO B/[B] switch Solo B in/out
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Recall Scope
For details, see “Returns (Aux Returns)” in Appendix K.

Store Scope
For details, see “Returns (Aux Returns)” in Appendix K.

Routing

The following diagram shows the return channel routing parameters copied through scenes.

Overview

amt AuxR1
1/2 u ned (o) zcuree

input mode

Configuration
processing area in
GUI channel strip

Item Control Parameter

1 Field Primary input source
2 Field Tape input source

(EN
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Aux Sends (aux channels)
This section shows you which parameters for each of the 16 aux channels are affected by copy through scenes.

Config sections
The following diagram shows the parameters of the configuration processing area copied through scenes.
aux send

overview in GUI
channel strip

Insert and configuration
processing area in GUI
channel strip

Overview
A1 AUXS1

Overview

Asl AuxS1l

aux send overview

9g9990s

e
msen| |
Y

1
4| | mic

s2s0
A

7", bus
trim

i TC/AUD (TC1L)

e

ooe

|
‘- bus trim

e

[ [

Item Control Parameter

1 Control knob Directinput level

2 MUTE switch Direct input mute on/off
3 B switch Directinput solo B in/out
4 PRE switch Direct input pre- in/out
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Comp./Output Dyn

The following diagram shows the parameters of the compressor processing area copied through scenes.

Note: Only the corrective compressor is shown above, but this is typically the same for the other compressor modes (adaptive, creative, vintage and shimmer,).

Overview

= Overview

Asl AuxS1

aux send overview

As1 AuxS1

Internal

o 5 1015 20 23 30 38

aux send
overview in GUI
channel strip

Compressor
processing areain
GUI channel strip

Item Control Parameter

1 DYN/[CMP] switch Compressor on/off

2 release control knob Compressor release

3 threshold control knob Compressor threshold

4 KNEE pushbutton Compressor knee: hard, medium or soft

5 IN switch Compressor sidechain in/out

6 freq control knob Compressor sidechain frequency

7 WIDTH pushbutton Compressor sidechain width: 2 Oct, 1 0ct or 0.3 Oct
8 ratio/range/[ratio] control knob Compressor ratio

9 attack control knob Compressor attack

10 MODE pushbutton Compressor mode: corrective, adaptive, creative, vintage or shimmer
1 make up control knob Compressor gain
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Gates

Not applicable.

EQs

The following diagram shows the EQ parameters copied through scenes.

3
e EEEA 1o =)

O oE® i
~0pe

aux send
overview in GUI
channel strip

i
| width parametric

parametric

band 2

Overview

ast AUXS1

<
IS 3
g 16 16
At gain

1

-
E

EQ processing
areain GUI
channel strip

Overview
A1 AUXS1

TC/AUD (TC1L) ~ =

unk
oFT.

Insert and configuration
processing area in GUI
channel strip

Item Control Parameter

1 EQ switch EQon/off

2 gain control knob EQ gain level

3 width control knob EQwidth

4 freq control knob EQ frequency

5 SHAPE switch Band 1shelving mode: bell, warm, high pass 6 dB or high pass 12 dB
6 SHAPE switch Band 2 shelving mode: bell or high pass 24 dB

7* SHAPE switch Band 6 shelving mode: bell, soft, low pass 6 dB or low pass 12 dB

8 C/0 switch Order of processing: Dyn.—Ins.—EQ or EQ—Ins.—Dyn.

*Not shown in diagram.

Note: Although band 6 is not shown above, the items in the table also apply. The band has items 2, 3 and 4, and also includes item 7.
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Aux Sends
Not applicable.

Matrix Sends

The following diagram shows the parameters of the mix processing area copied through scenes.

Note: Although only matrix sends 1-2 are referenced above, this also applies to all pairs of matrix sends.

Item Control Parameter

1 ON switch Matrix bus send on/off

2 level/pan control knob Bus level, or pan when bus is linked
3 PRE switch Pre-fader on/off

4 level control knob Bus level

(EN



408 PRO X User Manual

EN ) Fader Sections
The following diagram shows the parameters of the master routing processing area copied through scenes.

Insert and
input channel Masters processing configuration
9/12 overview in GUI areain GUI processing area in
channel strip channel strip GUlinput GUI channel strip
s faststrip
= s
' ) Overvie BN @™ Overvil Overview

: Asi AUXS1

as1 AUXS1

TC/AUD (TC1L) e |

13

2 4
Item Control Parameter
1 ST switch Stereo on/off
2 MON switch Mono on/off
3 SIS switch Spatial imaging system on/off
4 Panning control knobs Surround panning (includes all surround sound parameters)
5 mono level/SIS image control knob Mono level (SIS off) or SIS image (SIS on)
6 Fader Level
7 MUTE switch Mute on/off
8 B switch Solo B in/out
9 Field Channel name
10 bus trim control knob Bus trim level
1 delay control knob Delay time
12 Field Channel colour
13 MODE button Bus mode
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Recall Scope
For details, see “Auxes (Aux Sends)” in Appendix K.

Store Scope
For details, see “Auxes (Aux Sends)” in Appendix K.

Routing
The following diagram shows the aux channel routing parameters copied through scenes.
Insert and configuration

processing area in GUI aux send overview in
channel strip GUI channel strip

Ove & Overview

: [&] sl AUXSL

aux send overview

;  directinput
15
1n e

oo Gy 10
= B

Gehlowes

e 3
2
byn Ins. EQ
Item Control Parameter
1 INS switch Insert in/out
2 Field Insert return source*
3 Field Direct input source*

*Only automated when automate patching is on.
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Matrix (matrix channels)
This section shows you which parameters per matrix channel that are affected by copy through scenes.

Config sections

The following diagram shows the parameters of the configuration processing area copied through scenes.

| chanrel safes
o

| EQ DYN

l AUTO (N MUTE FADIR € '

h\ 3
]
L4
stage box

filter [F30HZ

processing order

Insertand configuration
processing area in GUI
channel strip

matrix overview
in GUI channel strip

| Overview Overview

mo1 Mtx1 T mo Mix1

Unassigned

THE

[S,]

1o e

13 (Out1)

1

ITEM Control Parameter

1 bus trim control knob Bus trim level

2 Control knob Directinput level

3 B switch Direct input solo B on/off

4 PRE switch Directinput pre- in/out

5 EQ pushbutton EQ safe on/off

6 DYN pushbutton Dynamic safe on/off

7 FADER/[FDR] switch Fader safe on/off

8 MUTE/[MTE] switch Mute safe on/off

9 AUTO/[AUT] switch Auto safe on/off

10 Delay field Delay in milliseconds (ms) and metres (m)
1 delay control knob Delay level

12 C/0 switch Order of processing: Dyn.—Ins.—EQ or EQ—Ins.—Dyn.
13 Graphic Order of processing

14 Field Directinput source
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Comp./Output Dyn
The following diagram shows the parameters of the compressor processing area copied through scenes.

Overvie e Overview

B =
3_.

Internal

aux send Compressor
overview in GUI processing areain
channel strip GUI channel strip

Note: Only the corrective compressor is shown above, but this is typically the same for the other compressor modes (adaptive, creative, vintage and shimmer,).

Item Control Parameter

1 DYN/[CMP] switch Compressor on/off

2 release control knob Compressor release

3 threshold control knob Compressor threshold

4 KNEE pushbutton Compressor knee: hard, medium or soft

5 IN switch Compressor sidechain in/out

6 freq control knob Compressor sidechain frequency

7 WIDTH pushbutton Compressor sidechain width: 2 Oct, 10ct or 0.3 Oct
8 ratio/range/[ratio] control knob Compressor ratio

9 attack control knob Compressor attack

10 MODE pushbutton Compressor mode: corrective, adaptive, creative, vintage or shimmer
n make up control knob Compressor gain
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Gates
Not applicable.
EQs
The following diagram shows the parameters of the EQ processing area copied through scenes.
aux send EQ processing
overview in GUI area in GUI
channel strip channel strip

Ove E Overview
0 mo1 Mix1

T'as dir in
Pl :

band 5

- |

I | 4
| 1
. — 2
3
parametric ﬂ
, ==
oL ’
4 6
3 mgain“
2
Item Control Parameter
1 EQ switch EQ on/off
2 gain control knob EQ gain level
3 width control knob EQwidth
4 freq control knob EQ frequency
5% SHAPE switch Band 1 shelving mode: bell, warm, high pass 6 dB or high pass 12 dB
6 SHAPE switch Band 2 shelving mode: bell or high pass 24 dB
7* SHAPE switch Band 6 shelving mode: bell, soft, low pass 6 dB or low pass 12 dB
*Not shown in diagram.

Note: Although bands 1 and 6 are not shown above, the items in the table also apply. Both bands have items 2, 3 and 4, and band 1 also has item 5 and band
6 also has item 7.

Aux Sends
Not applicable.

Matrix Sends
Not applicable.
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Fader Sections

The following diagram shows the parameters of the master routing processing area copied through scenes.

input channel
overview in GUI
channel strip

gaareddaiis

Masters processing
areain GUI
channel strip

Overview

—_

Insert and
configuration
processing area in
GUI channel strip

Overview
r Mo1 Mtxl =

‘Inls trim

I1x9 (Source 1)
169 (Out1})

Item Control Parameter

1 MUTE switch Mute on/off

2 B switch Solo Bin/out

3 Fader Level

4 Field Channel name

5 Field Channel colour

6 ST switch Link to stereo master fader
7 MON switch Link to mono master fader
8 bus trim control knob Bus trim level

9 delay control knob Delay time

Recall Scope

For details, see “Matrices” in Appendix K.

Store Scope

For details, see “Matrices” in Appendix K.

(EN
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E N ) Routing
The following diagram shows the matrix channel routing parameters copied through scenes.

Insert and configuration

processing area in GUI auxsend overviewin
channel strip GUI channel strip

ghaboueery

Ove e Overview

b ) Mol Mitx1

matrix overview

s

direct input

0
e o

B

Parameter

Insertin/out

Insert return source*

is
=]
o
— 2
Item Control
1 INS switch
2 Field
3 Field

Directinput source*

*Only automated when automate patching is on.

GEQs

You can copy the assignments (circled right) of the 16 internal GEQs through scenes.

Only the Recall Scope and Store Scope options in the Sections area are applicable to this

option.

Effects

You can copy the assignments of the internal effects (circled right) through scenes.

Only the Recall Scope and Store Scope options in the Sections area are applicable to this

option.
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VCA/POP (groups)

You can copy the group membership allocation of the VCA and Groups through scenes. None of the options in the Sections area are applicable to this option.

Masters (master channels)
This section shows you which parameters for each of the three master channels (mono and stereo left and stereo right) are affected by copy through scenes.

Config sections
The following diagram shows the parameters of the configuration processing area copied through scenes.
Configuration

master overview processing areain
in GUI channel strip GUI channel strip

Overview

..... master overview

it

HOWN

insert

Unassigned

Unassigned

Item Control Parameter

1 Control knob Direct input level

2 MUTE switch Directinput mute on/off
3 B switch Directinput solo B on/off
4 PRE switch Directinput pre- in/out
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Comp./Output Dyn

The following diagram shows the parameters of the compressor processing area copied through scenes.

et

1
f ; ’
-I ‘ Ihette BEER

E

[
o

=

50

Note: Only the corrective compressor is shown above, but this is typically the same for the other compressor modes (adaptive, creative, vintage and shimmer,).

Overview
M Left

master overview

Overview

w3 Y

threshold

Internal

0 5 1015 20 25 30 38

Compressor
processing areain
GUI channel strip

masteroverview
in GUI channel strip

Item Control Parameter

1 DYN/[CMP] switch Compressor on/off

2 release control knob Compressor release

3 threshold control knob Compressor threshold

4 KNEE pushbutton Compressor knee: hard, medium or soft

5 IN switch Compressor sidechain in/out

6 freq control knob Compressor sidechain frequency

7 WIDTH pushbutton Compressor sidechain width: 2 Oct, 1 0ct or 0.3 Oct
8 ratio/range/[ratio] control knob Compressor ratio

9 attack control knob Compressor attack

10 MODE pushbutton Compressor mode: corrective, adaptive, creative, vintage or shimmer
" make up control knob Compressor gain

Gates
Not applicable.
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EQs

The following diagram shows the parameters of the EQ processing area copied through scenes.

Ove € Overview

-}
=]
g
1 =
: 2
’ B
. =
parametrit EQ 3
1
.
e 4
3 —-* 3 e
I
2 master overview EQ processing
in GUI channel strip areain GUI
channel strip
Item Control Parameter
1 EQ switch EQ on/off
2 gain control knob EQ gain level
3 width control knob EQwidth
4 freq control knob EQ frequency
5* SHAPE switch Band 1 shelving mode: bell, warm, high pass 6dB or high pass 12dB
6 SHAPE switch Band 2 shelving mode: bell or high pass 24dB
7* SHAPE switch Band 6 shelving mode: bell, soft, low pass 6dB or low pass 12dB
*Not shown in diagram.

Note: Although bands 1 and 6 are not shown above, the items in the table also apply. Both bands have items 2, 3 and 4, and band 1 also has

item 5 and band 6 also has item 7.
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Aux Sends
Not applicable.

Matrix Sends

The following diagram shows the parameters per master channel of the matrix sends (eight on PR3 and 16 on the PRO6 and PR09) that are copied through scenes.

bus sends
ON
vel  pan

Item Control Parameter

1 ON switch Matrix bus send on/off

2 level/pan control knob Bus level, or pan when bus is linked
3 PRE switch Pre-fader on/off

4 level control knob Bus level

Note: Although only matrix sends 1-2 are referenced above, this also applies to all pairs of matrix sends.
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Fader Sections

The following diagram shows the parameters of the master routing processing area copied through scenes.

Insert and
input channel Masters processing configuration
overview in GUI areain GUI processing area in

channel strip channel strip GUI channel strip

Overview

Left

6
1 4
5
3
2
Item Control Parameter
1 SIS switch Spatial imaging system on/off
2 Panning control knobs Surround panning (includes all surround sound parameters)
3 Fader Level
4 MUTE switch Mute on/off
5 B switch Solo Bin/out
6 bus trim control knob Bus trim level
7 delay control knob Delay time
8 Field Channel colour

Recall Scope
For details, see “Masters” in Appendix K.

Store Scope
For details, see “Masters” in Appendix K.

(EN
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E N ) Routing
The following diagram shows the master channel routing parameters copied through scenes.

Insert and configuration
processing area in GUI auxsend overview in
channel strip GUI channel strip

Ove e Overview
2] M eft

master overview

cme =

s
= unx
arT

n‘i m S safes.

ottt e BEED li]
= Cans]

1
1 direct input
AT N
fa 2z G el i
5[0 i
L 1=
— 3
2
byn Ins. EQ
Item Control Parameter
1 INS switch Insertin/out
2 Field Insert return source®
3 Field Direct input source®

*Only automated when automate patching is on.

Misc (miscellaneous)

The Misc section has an Assignables option, which lets you copy the current control assignments of the Assignable Controls window through scenes. (The levels
are not copied.)

None of the options in the Sections area are applicable to this option.

AuxR1 AuxR2 _ AuxR3 = Miel Micl2
gate
-20 0 -20 0 -20 0 300 2.5K -30 -10
25 25 25 s -‘f . P2

V& V)t :-1'!?-

3 ’ by ’ 0y ’ 3 ’ 3 ’
-40 4B 20 -40 4B 20 -40 4B 20 50 Hz 15K inf 4B (1] I r
gain trim gain trim gain trim frequency range pan

]
L/} - = - - = L__/} L]

Unassigned l=l AR1 AuxR1 |wl Aux Return Matrix Send 13 pan [=]
Inputs lgl ARz auxr2 g Aux Return Matrix Send 15 pan
Aux Sends AR3 AuxR3 Aux Return Analogue gain

Matrix AR4 AuxR4 Tape Return analogue gain
Aux Returns AR5 AuxR5 ] Trim level

Typical Assignable Controls window on the GUI

For more information on assignable controls, see Chapter 19 “Assignable Controls (I Zone)".
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Appendix Q: Service Information

This appendix contains routine service information for the PRO Series Control Centre.

Routine mai ntenance

To help keep your PRO X Control Centre unit in good working order and to make sure it gives you optimum performance, we recommend that you carry out the
following about once every month.

o (lean the control centre, as detailed in “Cleaning the control centre” (below).

o (Check controls for freedom of operation. As the controls are ‘self-cleaning’, this operation will help to prevent them from sticking.
o (Check the functionality of all controls, that is, control knobs, faders, pushbuttons, LEDs etc.

o (Check the functionality of equipment.

Cleaning the control centre
Switch off the control centre and electrically isolate it from the mains before cleaning.

(lean the control centre using a dry, lint-free cloth. Do not use harsh abrasives or solvents. When cleaning the equipment, take great care not to damage faders,
pushbuttons etc.

Cleaning a GUl screen
Switch off the control centre and electrically isolate it from the mains before cleaning.

Carefully wipe the surface of the GUI screen with a soft, lint-free cloth or screen wipe specially designed for the purpose. When cleaning the GUI screen, observe the
following precautions:

«  Avoid putting pressure on the screen.

o Don't use harsh abrasives, for example, paper towels.

o Don'tapply liquids directly to the screen.

e Don't use ammonia-based cleaners and solvents, such as acetone.

If you are in doubt or have any queries about cleaning the GUI screens, contact MIDAS Technical Support.

Equipment disposal

When this equipment has come to the end of it useful life, its disposal may come under the DIRECTIVE 2002/96/EC OF THE EUROPEAN PARLIAMENT AND OF THE
COUNCIL of 27 January 2003 on waste electrical and electronic equipment (WEEE).

Hazardous substances in WEEE contaminate water, soil and air and ultimately put at risk our environment and health. The directive aims to minimize the impacts of
WEEE on the environment during their lifetimes and when they become waste.

The WEEE directive addresses the disposal of products when they have reached the end of their life and contributes to the reduction of wasteful consumption of
natural resources. This will help to reduce pollution, and protect the environment and ourselves.

If this equipment carries a ‘crossed-out wheelie bin’ (shown left), please do not dispose of WEEE as unsorted municipal waste but collect and dispose of

in accordance with local WEEE legislation. The horizontal bar underneath indicates that the product was placed on the EU market after
13th August 2005.

Emmmmm  For WEEE disposal; see our website at midasconsoles.com for information.
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Glossary

This glossary provides an explanation of the symbols, terms and abbreviations
used in this manual.

5.1 surround: A surround sound system created from six channels that form
a discrete signal, which is played back over a speaker system comprising five
speakers (three front and two rear) and a subwoofer (which is the “1” or

LFE channel). See LFE.

[z Micro- prefix symbol that represents 10 or one millionth.

A

A/D: Abbreviation for “analogue to digital”. The conversion of a continuous signal
into a numeric discrete sample sequence.

AC: Abbreviation for “alternating current”.

AES/EBU: Abbreviation for “Audio Engineering Society/European Broadcasting
Union”. See AES3.

Acoustic feedback: A sound loop existing between an audio input and

audio output that is amplified on each cycle. For example, a mic input signal

is amplified and passed to a loudspeaker. The output from the loudspeaker is
picked up the mic, which amplifies it again and passes it back to the loudspeaker,
and so on.

AES3: Also known as “AES/EBU”, this is a serial interface for transferring digital
audio between devices.

AES50: AES digital audio engineering standard. AES50 is a high resolution,
multi-channel audio interconnection (HRMAI). Rather than a network, it is a
high-performance, point-to-point audio interconnection, although the auxiliary
data may operate as a true network, independently of the audio. HRMAI provides
a professional multi-channel audio interconnection that uses Cat 5e data cable
and is compatible with Ethernet networks.

AFL: Abbreviation for “after fader listen”. A function that allows the signal to be
monitored post-fader, that is, after it has been acted upon by the fader.

Algorithm: In computing, a set of instructions for accomplishing a specific task.
amp (A): Abbreviation for “ampere”. A unit of current.

Anti-aliasing: When referring to digital images, a technique that avoids
poor pixelation.

Area A: Primary input control area.
Area B: A secondary input control area.

Assignable controls: User-assignable controls that can be set up to operate
other functions.

Auto safe: Prevents channel from accepting scene recall.

Auto-mute: A function that automatically mutes the channel’s signal under
certain conditions.

Auto-mute group: A function that automatically mutes a number of selected
channels under certain conditions.

Automation: 1. Memorization and playback of changes made to mixer settings.
2. An area on the master bay that controls these. Turn this into a new
glossary item.

Aux send: See Aux.

Balanced audio: A type of audio connection that uses the three leads in a cable,
connector and jack as part of a phase-cancelling arrangement to boost the signal
and reduce noise.

Band: In EQ, a range of frequencies.

Bandwidth: In EQ, the width of a band, that is, the number of frequencies that
will be boosted/cut above and below a centre frequency.

Bank: A fixed number of channels displayed on a GUI screen.
Bass: Lower frequencies in a signal.

Bay: One of the main control surface sections.
Bus: A pathway down which one or more signals can travel.

C

Cat 5e: A specification for a type of cable used typically for Ethernet
computer networks.

Channel: Single path taken by an audio signal (input or output) through the
control centre.

Channel strip: Row of controls in traditional analogue layout used for the
shaping of a signal.

Checkpoint: A patching data store point, created by clicking CHECKPOINT.
See Patching.

Click: A method of GUI operation, mainly for button operation and

selection purposes.

CMR: Abbreviation for “common mode rejection”. A measure of how well a
differential amplifier rejects a signal that appears simultaneously and in-phase at
both input terminals. CMR is usually stated as a dB ratio at a given frequency.
Comb filtering: Removal of signal components at a number of reqularly
spaced frequencies.

Compressor: A dynamics processor that reduces the level of any signal
exceeding a specified threshold volume.

Condenser microphone: A high quality mic that uses a capacitor to detect
changes in the ambient air pressure, which it then converts into an electrical
signal. This type of mic requires power from a battery or external source.
Control centre: The PRO X console, comprising control surface and GUI.

Control surface: Area on the control centre that houses all of the user’s
hardware controls, such as pushbuttons, control knobs, switches etc.

Crossfade: To combine signals such that one channel or source fades out while
another fades in, but maintaining an essentially constant programme volume.

u I "

Cursor: Generally, used to describe the “I"-shaped pointer on the GUI that
indicates a text insertion point. See Pointer.

D
D zone: Section in the input channel strip for controlling dynamic parameters.

D/A: Abbreviation for “digital to analogue”. The conversion of digital data to
analogue audio.

DARS: Abbreviation for “digital audio reference signal”.

Dashboard: A standard GUI screen display - usually on the master bay - that
shows all channel meters (inputs, auxes, returns, masters etc.) all of the time.

dB: Symbol for “decibel”. A unit of measurement of the loudness of sound.
See dBu.

dBu: A unit of measurement of sound used in professional audio. Derived from
the decibel, where the “u” stands for unloaded, this unit is an RMS measurement
of voltage based on 0.775VRMS, which is the voltage at which you get TmV of
power in a 600 ohm resistor. This used to be the standard impedance in most
professional audio circuits.

DC: Abbreviation for “direct current”.

Delay: An effect by which a reproduction of asignal is played back later then
its original.

Destination: The patch connector to which asignal is routed. See Patching.

Device: A diagram(s) in the I/0 tabs representing a physical rack unit, such as a
line 170, mic splitter, DN9696, AES50 etc. See Patching.

DI: Abbreviation for “direct inject” or “direct injection”. Signal is plugged directly
into the audio chain without using a microphone.

DI box: Device for matching signal level impedance of a source to mixer input.



423 PRO X User Manual

Drag: A method of GUI operation, mainly for control adjustment. Also used for
selecting blocks of patch connectors during patching.

DSP: Abbreviation for “digital signal processing” or “digital signal processor”.
Any signal processing done after an analogue audio signal has been
converted into digital audio. Can be used to create, for example, compression,
equalization etc., of a digital signal. A digital signal processor is a piece of
equipment specifically designed for carrying out signal processing.

E
E zone: Section in the input channel strip for controlling EQ parameters.

Effect: One of a number of audio processes that can be applied to a signal to
modify it, such as reverb, flanging, phasing, delay etc.

Effects rack: A virtual rack of internal processors. See Virtual rack.

Envelope: 1. How a sound or audio signal varies in intensity over time.
2. The visual representation of such, usually shown on a graphina GUI
channel strip.

EQ: Abbreviation for “equaliser” or “equalisation”.

Equalisation: Adjusting the frequency response so that the levels
of all frequencies are equal or the same. Bass and treble controls are
equalization controls.

EtherCon®: A cable connector for data transfer interconnections, which is more
robust than the basic RJ45.

F

Fader: Slider-type device for precise adjustment of signal level or volume
of a channel.

Fast strip: One of the strips in the input, mix and output fast zones. See Input
fast strip, Mix fast strip, Output fast strip and Fast zone.

Fast zone: An area on a bay that contains quick controls. See Input fast zone,
Mix fast zone, Output fast zone and Fast strip.

FB: Abbreviation for “front-back”. A term used in surround panning.
Feedback: See Acoustic feedback.
Filter: A device for removing frequencies above or below certain levels.

FOH: Abbreviation for “front of house”. The area in a theatre used by the public.
Used to describe a control centre being used to control the sound that the
audience will hear (and not the performers’ monitor system).

Frequency: The number of times that a sound wave’s cycle repeats within
one second.

Fricative: A consonant, such as “f” or “s”, produced by the forcing of breath
through a constricted passage.

From section: The leftmost area of the patching screen that contains the source
patch connectors. See Patching.

G
Gain: Another term for signal level.

Gain reduction (compressor): Decrease in gain when input signal is above
threshold. See Gain.

GEQ: Abbreviation for “graphic equaliser”. See Graphic EQ.

GEQ rack: A virtual rack of GEQs. See Virtual rack.

Granularity: A measure of the size of components or a description of the
components comprising a system.

Graphic EQ: A form of EQ that has a number of faders for controlling the gain of
the audio signal. The faders are set at frequency bands that are evenly-spaced
according to octaves.

GUI: Abbreviation for “graphical user interface”.

GUI channel strip: Right section of a GUI screen that represents the processing
area of the input or output channel strip selected to the control surface.

GUI menu: A menu selectable at either GUI screen by clicking the home button
(upper-left corner).

GUI screen: One of the two PRO Series’ screens, which comprise the GUI.

H

HPF: Abbreviation for “high pass filter”. A filter that removes lower frequencies
from a signal, leaving the higher frequencies unaffected.

Hum: Undesirable low frequency tone present in a signal due to grounding
problems or proximity to a power source.

Hz: Symbol for “Hertz". A unit of frequency equal to one cycle of a sound wave
per second.

I zone: Area on the master bay that contains the operator-assignable
effects controls.

1/0: Abbreviation for “input/output”.
ID: Abbreviation for “identification”.

Ident: Scale marking, or gradation, around a control knob to help indicate the
current setting and to assist in accurate adjustment.

Impedance (Z): Opposition to the flow of alternating current in a circuit,
measured in ohms.

K

Kernel: For computers, the kernel is the central component of most
operating systems.

L

LCD select button: LCD button in the input fast strips and VCA groups, used for
channel/group navigation and selection, and operator feedback.

LFE: Abbreviation for “low frequency effects”. Typically, the “.1” in “5.1 surround”
is an LFE channel.

Linux: Also known as “Linux kernel”. Operating system kernel used by a family of
Unix-like operating systems. See kernel.

LS: Abbreviation for “left surround”. The left rear speakerina 5.1
surround system.

M
MADI: Abbreviation for “multi-channel audio digital interface”.

Master bay: Control area for masters, automation, comms, monitoring etc.
Also contains the primary navigation zone.

Masters: The three master channels (mono and stereo left and right) in the
master bay.

MB: Abbreviation for “megabyte”.
MC: Abbreviation for “master controller”.
Meter: Visual device to indicate the level of a signal.

Meters screen: One of the GUI screens. This is the default screen of the
master bay.

Mic: Abbreviation for “microphone”.
Microphone: Device for converting sound waves into audio signals.

MIDI: Acronym for “musical instrument digital interface”. A digital signal system
standard that facilitates integration of musical instruments, such as synthesizers
and guitars, with computers.

Mix: 1. A signal that contains a combination of signals, such as a pair of stereo
signals with numerous effects. 2. The act of creating such a combination.
3. Atype of bus. See Bus.

Mix bay: Control area for outputs and groups.
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Mixer: 1. A console or other device that blends input signals into composite
signals for output. 2. An engineer/technician who carries this out, especially
during a live performance.

mm: Symbol for “millimetre” (one thousandth of a metre).

MON: Abbreviation for “monitor”, used to describe a control centre being used to
mix the signals sent to the stage monitor speakers.

Monitor: 1. Speaker(s) used for listening to a mix or live audio. 2. The act of
listening to a mix or live audio.

Monitor A: Primary monitor bus system.
Monitor B: Secondary monitor bus system.

Monitors: Control area on the master bay for monitoring the A and B
signal paths.

Mono: A single signal.
Mute: Function that allows a channel’s signal to be silenced.

Mute safe: Function that means a mute cannot be controlled by scene recall or
auto-mutes.

N

N/A: Abbreviation for “not applicable”.
nm: Symbol for nanometre (one billionth of a metre).

Normalise: To boost the amplitude of a digital sound so that it is as high as it
can be without clipping (0dB).

Normalisation: An automatic process whereby the gain of all program material
is adjusted so that the peak level will just arrive at 0 dB.

Normalised connection: Also known as “normalled connection”. A connection
that allows a signal to pass through it when no plug is inserted in it, but breaks
the connection when a plug is inserted.

Normalising: The process of making audio files the same volume.

NVRAM: Abbreviation for “Non-volatile random access memory”. this is the
general name used to describe any type of RAM that retains its information when
power is switched off. For example, flash memory.

(o)
0/B: Abbreviation for “outside broadcast”.
Oct: Abbreviation for “octave”.

Octave: A difference in pitch where one tone has a frequency that is double
or half of the frequency of another tone.

ohm (Q): Unit of electrical resistance.

OpticalCon®: A cable connector for fibre optic cables.
0S: Abbreviation for “operating system”.

0SC: Abbreviation for “oscillator” or “oscillation”.

Out of phase: 1. A signal, being similar to another in amplitude, frequency and
wave shape, but offset in time by part of a cycle. 2. 180° out of phase or having
opposite polarity. See Phase.

Outboard: External, as in an “external device”.

Outboard equipment: External equipment used with the PRO X Control Centre,
but that is not part of it.

Output: 1. The signal put out by a device. 2. The physical location of where a
device sends out a signal.

Output fast strip: One of 16 channel strips in the output fast zone.
Provides detailed control of the currently selected outputs. See Output fast zone.

Output fast zone: Control area for fast access to primary main output functions.
Overload: A condition where the signal level is too high.

Overview: The main view in the GUI channel strip, which contains the control
sections of the selected channel. This represents the associated channel strip on
the control surface.

Overview screen: One of the GUI screens. This is the default screen of the
mix bay.

P

PAN: Abbreviation for “panoramic”.
Panning: The left/right positioning of a signal across a stereo image.
Parameter: A setting whose value can be altered by the user.

Parametric EQ: A type of EQ that allows all of the parameters of equalisation to
be changed, including centre frequency, boost/cut in gain and bandwidth.
Patch: A temporary connection (physical or virtual) made between two audio
devices or inside one.

Patch connector: Any tab patching point, for example, an XLR connector, bus,
sidechain compressor etc. See Patching.

Patching: Also known as “soft patching”. The process of routing a channel/
signal from a source to a destination(s).

PCB: Abbreviation for “printed circuit board”.
PEQ: Abbreviation for “parametric equaliser”. See Parametric EQ.

PFL: Abbreviation for “pre-fade listen”. A function that allows the signal to be
monitored pre-fader, that is, before it reaches the fader.

Phantom power: The power required for the operation of a condenser
microphone when it is not supplied by internal batteries or a separate power
supply. This is supplied by the PRO X Control Centre itself.

Phase: A measurement (in degrees) of the time difference between
two waveforms.

Pitch: A continuous frequency over time. Musical interpretation of an
audio frequency.

Pitch shift: Alteration of pitch or frequency, but without adjusting tempo.
Point scene: Subdivision of a scene. See Scene.

Pointer: 1. On the GUI, the pointer is the arrow-shaped object on the screen
that moves when the user moves the trackball or external mouse. 2. On a control
knob, it is the marking that, when used in conjunction with the ident around
edge of control knob, helps to indicate the setting.

POP: Abbreviation for “population”.

POP group: A number of channels assigned to a group that has unfold and area
B controls. Provides an easy and quick method of manipulating and controlling
the numerous channels available on the PRO X Control Centre.

Post-: The point for accessing audio just after it leaves a specific channel
component, for example, “post-fader”, where the audio is tapped from just after
it leaves the channel’s main level control.

Pre-: The point for accessing audio just before it reaches a specific module,

for example, “pre-EQ”, where the audio is tapped from just before it gets to a
channel strip’s EQ.

Primary navigation zone: Area in the master bay for mix and master bay

GUI screen navigation and control. Also has a screen access section for fast access
to GUI menu options.

Processing area: A display in a GUI channel strip showing a specific control
section. Accessed from the channel’s overview display. See Overview.

PSU: Abbreviation for “power supply unit”.

Psychoacoustics: The study of the perception of sound, that is, how we
listen, our psychological responses and the physiological effects on the human
nervous system.

Pschycoacoustic noise: Noise that affects the physiology of the listener.
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Q

Quick access button: Button for navigation/ selection of a channel/bus/
processing area.

R

RAM: Abbreviation for “Random access memory”.

Return: Auxiliary return or aux return. An extra input used for receiving a signal
from the output of an internal or external effect processor. See Bus.

Reverb: An effect where the ambience of a physical space is simulated. This is
done by copying a signal and replaying at reqular intervals at ever decreasing
levels. The intervals are so close that each copy is not heard individually.

RMS: Abbreviation for “root-mean-square”. The square root of the mean of the
sum of the squares. Commonly used as the effective value of measuring a sine
wave’s electrical power. A standard in amplifier measurements. The effective
average value of an AC waveform.

RS: Abbreviation for “right surround”. The right-hand rear speakerin a

5.1 surround system.

S

s: Symbol for “second”. A unit of time.

Scene: In automation, a set of mix settings for a particular part of a
performance, for example, a play or song.

Sibilance: Energy from a voice, centred around 7 kHz, and caused by

un o

pronouncing “s”, “sh” or “ch” sounds.

Side chain: A special circuit that diverts a proportion of the main signal so that
it can be processed, as required. Compressors use the side chain to derive their
control signals.

Signal flow: The path of a signal from one place to another.

SIP™: Abbreviation for “solo in place”.

SIS: Abbreviation for “spatial imaging system”. Combines a central loudspeaker
cluster with a left-right system to form three discrete sound channels.
Snapshot: A captured group of mixer settings that reflect the state of the mixer

ata particular moment within a performance. This snapshot can then be recalled
at the required moment in the performance/playback.

Solo: During monitoring, the isolation of one signal by silencing all other signals.

Source: The patch connector from which a signal is patched. See Patching.
SPL: Abbreviation for “sound pressure level”. Given in decibels (dB), SPLis an
expression of loudness or volume.

Splash screens: The GUI display during power up.

SRC: Abbreviation for “sample rate converter”.

SSD: Abbreviation for “solid-state disk”. Data storage device that uses non-
volatile memory to store data. Quicker than the conventional hard disk and less
susceptible to the failures associated with hard disk drives.

Status indicator: A device specifically designed to show the condition of
something. For example, an LED that shows whether a pushbutton is on or off,
or a meter showing the level of a signal.

Stereo: Two separate channels, left and right, used to give the listener the
perception of where the noise is coming from. Usually used with music to
give a fuller, more natural sound.

Stereo image: The perception of the different sound sources coming from far
left, far right or anywhere in between.

Surround: Audio that has more that two speaker locations and, therefore,
more than two channels. Also commonly termed “surround sound”.

Synchronisation (sync): Coordination of timing between devices.

T

Tab: A ‘sheet’ in the From and To sections that contains a specific group of patch
connectors. See Patching.

TFT: Abbreviation for “thin film transistor”.
Threshold: Level at which dynamics processing will begin to operate.

Tie line: A dedicated connection between two systems, typically between
FOH and MON positions.

To section: The rightmost area of the Patching screen that contains the
destination patch connectors. See Patching.

Tooltip: The information box that appears next to the pointer when it passes
over or pauses on items on certain GUI screens, such as the channels on the
Overview and Patching screens.

Touchpad: Also known as “trackpad”. An input device on a laptop PC for
controlling the on-screen pointer.

Track: Single stream of recorded audio data.

Trackball: Device, located in the primary navigation zone, for GUI screen
navigation and control of the mix and master bays.

Treble: Higher frequencies in a signal.
TW: Abbreviation for “twin-wire”.

U

Unbalanced audio: A type of audio connection that utilises only two of the
leads of a cable, connector and jack.

Unfold: Navigates the input channels of a group to the input bays.

USB: Abbreviation for “universal serial bus”. A ‘plug and play’ interface that
provides a fast connection between a computer and peripherals, such as
keyboards, printers, scanners, digital cameras etc.

Vv

VCA: Abbreviation for “variable control association”
(also “voltage controlled amplifier”).

VCA fader: The fader control of a VCA group.

VCA group: A group of channels that are controlled globally, such as via
their group’s fader and other controls. Provides an easy and quick method
of manipulating and controlling the numerous channels available on the
PRO Series Control Centre.

VGA: Abbreviation for “video graphics array”. A graphics display system for PCs
developed by IBM.

Virtual rack: A traditional 19" rack, represented on the GUI. A virtual rack will,
typically, contain internal devices, such as effects and GEQs.

Volt (V): A unit of electrical potential differential or electromotive force.
Volume: General term for a signal’s loudness.

w

Window: A small self-contained panel that appears on the GUI, usually after
selection of a specific control. Typically, contains a number of user-selectable
options or information in the form of a message or prompt.

X
X-over: Abbreviation for “crossover”.

XLR connector: High-quality three-pin audio connector, which is also used for
AES/EBU digital audio connections.
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