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Important Safety 
Instructions

LEGAL DISCLAIMER

Instrucciones de 
seguridad

NEGACIÓN LEGAL

GARANTÍA LIMITADA

LIMITED WARRANTY

Terminals marked with this symbol carry 

electrical current of suffi  cient magnitude 

to constitute risk of electric shock. 

Use only high-quality professional speaker cables with 

¼" TS or twist-locking plugs pre-installed. All other 

installation or modifi cation should be performed only 

by qualifi ed personnel.

This symbol, wherever it appears, 

alerts you to the presence of uninsulated 

dangerous voltage inside the 

enclosure - voltage that may be suffi  cient 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 

qualifi ed personnel.

Caution
To reduce the risk of fi re 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 fi lled with liquids, 

such as vases, shall be placed on the apparatus.

Caution
These service instructions are for use 

by qualifi ed 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 qualifi ed 

service personnel.

1. Read these instructions.

2. Keep these instructions.

3. Heed all warnings.

4. Follow all instructions.

5. Do not use this apparatus near water.

6. Clean only with dry cloth.

7. Do not block any ventilation openings. Install in 

accordance with the manufacturer’s instructions.

8. Do not install near any heat sources such as 

radiators, heat registers, stoves, or other apparatus 

(including amplifi ers) 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 fi t 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 specifi ed by 

the manufacturer.

12.  Use only with the 

cart, stand, tripod, bracket, 

or table specifi ed by the 

manufacturer, or sold with 

the apparatus. When a cart 

is used, use caution when 

moving the cart/apparatus 

combination to avoid 

injury from tip-over.

13.  Unplug this apparatus during lightning storms or 

when unused for long periods of time. 

14.  Refer all servicing to qualifi ed 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 is 

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 

(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 effi  cient use of natural resources. For more 

information about where you can take your waste 

equipment for recycling, please contact your local city 

offi  ce, or your household waste collection service.

18.  Do not install in a confi ned space, such as a book 

case or similar unit.

19.  Do not place naked fl ame 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.

MUSIC Group accepts no liability for any loss which 

may be suff ered by any person who relies either 

wholly or in part upon any description, photograph, 

or statement contained herein. Technical specifi cations, 

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, TC HELICON, BEHRINGER, BUGERA 

and DDA are trademarks or registered trademarks 

of MUSIC Group IP Ltd. © MUSIC Group IP Ltd. 

2016 All rights reserved.

For the applicable warranty terms and conditions 

and additional information regarding MUSIC Group’s 

Limited Warranty, please see complete details online at 

music-group.com/warranty. 

Las terminales marcadas con este símbolo 

transportan corriente eléctrica de 

magnitud sufi ciente 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 prefi jados. Cualquier otra 

instalación o modifi cación debe ser realizada únicamente 

por un técnico cualifi cado.

Este símbolo, siempre que aparece, 

le advierte de la presencia de voltaje 

peligroso sin aislar dentro de la caja; 

este voltaje puede ser sufi ciente para constituir un riesgo 

de descarga.

Este símbolo, siempre que aparece, 

le advierte sobre instrucciones operativas 

y de mantenimiento que aparecen en la 

documentación adjunta. Por favor, lea el manual.

Atención
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, 

póngase en contacto con personal cualifi cado.

Atención
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 algún líquido sobre el aparato. 

No coloque ningún tipo de recipiente para líquidos sobre 

el aparato.

Atención
Las instrucciones de servicio deben 

llevarlas a cabo exclusivamente personal 

cualifi cado. 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 cualifi cado.

1. Lea las instrucciones.

2. Conserve estas instrucciones.

3. Preste atención a todas las advertencias.

4. Siga todas las instrucciones.

5. No use este aparato cerca del agua.

6. Limpie este aparato con un paño seco.

7. No bloquee las aberturas de ventilación. Instale el 

equipo de acuerdo con las instrucciones del fabricante.

8. No instale este equipo cerca de fuentes de calor 

tales como radiadores, acumuladores de calor, estufas u 

otros aparatos (incluyendo amplifi cadores) que puedan 

producir calor.

9. No elimine o deshabilite nunca la conexión a tierra 

del aparato o del cable de alimentación de corriente. 

Un enchufe polarizado tiene dos polos, uno de los cuales 

tiene un contacto más 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 

seguridad. 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 energía de manera 

que no pueda ser pisado y que esté protegido de objetos 

afi lados. Asegúrese de que el cable de suministro de 

energía esté protegido, especialmente en la zona de la 

clavija y en el punto donde sale del aparato.

11. Use únicamente los dispositivos o accesorios 

especifi cados por el fabricante.

12.  Use únicamente la 

carretilla, plataforma, 

trípode, soporte o mesa 

especifi cados por el 

fabricante o suministrados 

junto con el equipo. 

Al transportar el equipo, 

tenga cuidado para evitar 

daños y caídas al tropezar con algún obstáculo.

13.  Desenchufe el equipo durante tormentas o si no va a 

utilizarlo durante un periodo largo.

14.  Confíe las reparaciones únicamente a servicios 

técnicos cualifi cados. La unidad requiere mantenimiento 

siempre que haya sufrido algún daño, si el cable de 

suministro de energía o el enchufe presentaran daños, 

se hubiera derramado un líquido o hubieran caído objetos 

dentro del equipo, si el aparato hubiera estado expuesto 

a la humedad o la lluvia, si ha dejado de funcionar de 

manera normal o si ha sufrido algún golpe o caída.

15.  Al conectar la unidad a la toma de corriente eléctrica 

asegúrese de que la conexión disponga de una unión 

a tierra.

16.  Si el enchufe o conector de red sirve como único 

medio de desconexión, éste debe ser accesible fácilmente.

17.  Cómo debe deshacerse de 

este aparato: Este símbolo indica 

que este aparato no debe ser 

tratado como basura orgánica, 

según lo indicado en la Directiva 

WEEE (2012/19/EU) y a las 

normativas aplicables en su país. 

En lugar de ello deberá llevarlo al punto limpio más 

cercano para el reciclaje de sus elementos eléctricos / 

electrónicos (EEE). Al hacer esto estará ayudando a 

prevenir las posibles consecuencias negativas para el 

medio ambiente y la salud que podrían ser provocadas por 

una gestión inadecuada de este tipo de aparatos. Además, 

el reciclaje de materiales ayudará a conservar los recursos 

naturales. Para más información acerca del reciclaje de 

este aparato, póngase en contacto con el Ayuntamiento 

de su ciudad o con el punto limpio local.

18.  No instale esta unidad en un espacio muy reducido, 

tal como encastrada en una librería o similar.

19.  No coloque objetos con llama, como una vela 

encendida, sobre este aparato.

20.  Tenga presentes todas las advertencias relativas 

al reciclaje y correcta eliminación de las pilas. Las pilas 

deben ser siempre eliminadas en un punto limpio y nunca 

con el resto de la basura orgánica.

21.  Use este aparato en rangos de temperatura 

moderados y/o tropicales.

MUSIC Group no admite ningún tipo de responsabilidad 

por cualquier daño o pérdida que pudiera sufrir 

cualquier persona por confi ar total o parcialmente en la 

descripciones, fotografías o afi rmaciones contenidas en 

este documento. Las especifi caciones técnicas, imágenes 

y otras informaciones contenidas en este documento 

están sujetas a modifi caciones sin previo aviso. Todas las 

marcas comerciales que aparecen aquí son propiedad 

de sus respectivos dueños. MIDAS, KLARK TEKNIK, 

LAB GRUPPEN, LAKE, TANNOY, TURBOSOUND, 

TC ELECTRONIC, TC HELICON, BEHRINGER, BUGERA 

y DDA son marcas comerciales o marcas registradas 

de MUSIC Group IP Ltd. © MUSIC Group IP Ltd. 

2016 Reservados todos los derechos. 

Si quiere conocer los detalles y condiciones aplicables 

de la garantía así como información adicional sobre la 

Garantía limitada de MUSIC Group, consulte online toda la 

información en la web music-group.com/warranty.
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Consignes de sécurité

DÉNI LÉGAL

GARANTIE LIMITÉE

Wichtige 
Sicherheitshinweise

HAFTUNGSAUSSCHLUSS

BESCHRÄNKTE GARANTIE

Les points repérés par ce symbole portent 

une tension électrique suffi  sante pour 

constituer un risque d’électrocution. 

Utilisez uniquement des câbles d’enceintes professionnels 

de haute qualité avec fi ches Jack mono 6,35 mm ou fi ches 

à verrouillages déjà installées. Toute autre installation ou 

modifi cation doit être eff ectuée uniquement par un 

personnel qualifi é.

Ce symbole avertit de la présence d’une 

tension dangereuse et non isolée à 

l’intérieur de l’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 d’utilisation de l’appareil.

Attention
Pour éviter tout risque de choc électrique, 

ne pas ouvrir le capot de l’appareil ni 

démonter le panneau arrière. L’intérieur de l’appareil 

ne possède aucun élément réparable par l’utilisateur. 

Laisser toute réparation à un professionnel qualifi é.

Attention
Pour réduire les risques de feu et de choc 

électrique, n’exposez pas cet appareil à la 

pluie, à la moisissure, aux gouttes ou aux éclaboussures. 

Ne posez pas de récipient contenant un liquide sur 

l’appareil (un vase par exemple).

Attention
Ces consignes de sécurité et d’entretien 

sont destinées à un personnel qualifi é. 

Pour éviter tout risque de choc électrique, n’eff ectuez 

aucune réparation sur l’appareil qui ne soit décrite par le 

manuel d’utilisation. Les éventuelles réparations doivent 

être eff ectuées uniquement par un technicien spécialisé.

1.  Lisez ces consignes.

2.  Conservez ces consignes.

3.  Respectez tous les avertissements.

4.  Respectez toutes les consignes d’utilisation.

5.  N’utilisez jamais l’appareil à proximité d’un liquide.

6.  Nettoyez l’appareil avec un chiff on sec.

7.  Veillez à ne pas empêcher la bonne ventilation de 

l’appareil via ses ouïes de ventilation. Respectez les 

consignes du fabricant concernant l’installation 

de l’appareil.

8.  Ne placez pas l’appareil à proximité d’une source 

de chaleur telle qu’un chauff age, une cuisinière 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 possèdent deux 

contacts de largeur diff érente. Le plus large est le contact 

de sécurité. Les prises terre possèdent deux contacts plus 

une mise à la terre servant de sécurité. Si la prise du bloc 

d’alimentation ou du cordon d’ali-mentation fourni ne 

correspond pas à celles de votre installation électrique, 

faites appel à un électricien pour eff ectuer le changement 

de prise.

10.  Installez le cordon d’alimentation de telle façon 

que personne ne puisse marcher dessus et qu’il soit 

protégé d’arêtes coupantes. Assurez-vous que le cordon 

d’alimentation est suffisamment protégé, notamment au 

niveau de sa prise électrique et de l’endroit où il est relié à 

l’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, 

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 d’éventuelles blessures en cas de chute.

13.  Débranchez l’appareil de la tension secteur en cas 

d’orage ou si l’appareil reste inutilisé pendant une longue 

période de temps. 

14.  Les travaux d’entretien de l’appareil doivent 

être eff ectués uniquement par du personnel qualifié. 

Aucun entretien n’est nécessaire sauf si l’appareil est 

endommagé de quelque façon que ce soit (dommages sur 

le cordon d’alimentation ou la prise par exemple), si un 

liquide ou un objet a pénétré à l’intérieur du châssis, 

si l’appareil a été exposé à la pluie ou à l’humidité, s’il ne 

fonctionne pas correctement ou à la suite d’une chute.

15.  L’appareil doit être connecté à une prise secteur 

dotée d’une protection par mise à la terre. 

16.  La prise électrique ou la prise IEC de tout appareil 

dénué de bouton marche/arrêt doit rester accessible 

en 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 

pas être jeté avec les déchets 

ménagers. Ce produit doit être 

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 à cause des substances potentiellement 

dangereuses généralement associées à ces équipements. 

En même temps, votre coopération dans la mise au rebut 

de ce produit contribuera à l’utilisation effi  cace des 

ressources naturelles. Pour plus d’informations sur 

l’endroit où vous pouvez déposer vos déchets 

d’équipements pour le recyclage, veuillez contacter votre 

mairie ou votre centre local de collecte des déchets.

18.  N’installez pas l’appareil dans un espace confi né tel 

qu’une bibliothèque ou meuble similaire.

19.  Ne placez jamais d’objets enfl ammés, tels que des 

bougies allumées, sur l’appareil.

20.  Gardez à l’esprit l’impact environnemental lorsque 

vous mettez des piles au rebus. Les piles usées doivent 

être déposées dans un point de collecte adapté.

21.  Utilisez l’appareil dans un climat tropical 

et/ou modéré.

MUSIC Group ne peut être tenu pour responsable pour 

toute perte pouvant être subie par toute personne 

se fi ant en partie ou en totalité à toute description, 

photographie ou affi  rmation contenue dans ce 

document. Les caractéristiques, l’apparence et d’autres 

informations peuvent faire l’objet de modifi cations 

sans notifi cation. Toutes les marques appartiennent à 

leurs propriétaires respectifs. MIDAS, KLARK TEKNIK, 

LAB GRUPPEN, LAKE, TANNOY, TURBOSOUND, 

TC ELECTRONIC, TC HELICON, BEHRINGER, BUGERA 

et DDA sont des marques ou marques déposées 

de MUSIC Group IP Ltd. © MUSIC Group IP Ltd. 

2016 Tous droits réservés. 

Pour connaître les termes et conditions de garantie 

applicables, ainsi que les informations supplémentaires 

et détaillées sur la Garantie Limitée de MUSIC Group, 

consultez le site Internet music-group.com/warranty.

Vorsicht
Die mit dem Symbol markierten 

Anschlüsse führen 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 Modifi kationen sollten nur von qualifi ziertem 

Fachpersonal ausgeführt werden.

Achtung
Um eine Gefährdung durch Stromschlag 

auszuschließen, darf die Geräteabdeckung 

bzw. Geräterückwand nicht abgenommen werden. 

Im Innern des Geräts befi nden sich keine vom Benutzer 

reparierbaren Teile. Reparaturarbeiten dürfen nur von 

qualifi ziertem Personal ausgeführt werden.

Achtung
Um eine Gefährdung durch Feuer bzw. 

Stromschlag auszuschließen, darf dieses 

Gerät weder Regen oder Feuchtigkeit ausgesetzt werden 

noch sollten Spritzwasser oder tropfende Flüssigkeiten 

in das Gerät gelangen können. Stellen Sie keine mit 

Flüssigkeit gefüllten Gegenstände, wie z. B. Vasen, 

auf das Gerät.

Achtung
Die Service-Hinweise sind nur durch 

qualifi ziertes Personal zu befolgen. 

Um eine Gefährdung durch Stromschlag zu vermeiden, 

führen Sie bitte keinerlei Reparaturen an dem Gerät 

durch, die nicht in der Bedienungsanleitung beschrieben 

sind. Reparaturen sind nur von qualifi ziertem 

Fachpersonal durchzuführen.

1. Lesen Sie diese Hinweise.

2. Bewahren Sie diese Hinweise auf.

3. Beachten Sie alle Warnhinweise.

4. Befolgen Sie alle Bedienungshinweise.

5. Betreiben Sie das Gerät nicht in der Nähe von Wasser.

6. Reinigen Sie das Gerät mit einem trockenen Tuch.

7. Blockieren Sie nicht die Belüftungsschlitze. Beachten 

Sie beim Einbau des Gerätes die Herstellerhinweise.

8. Stellen Sie das Gerät nicht in der Nähe von 

Wärmequellen auf. Solche Wärmequellen sind z. B. 

Heizkörper, Herde oder andere Wärme erzeugende Geräte 

(auch Verstärker).

9. Entfernen Sie in 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 zusätzliche 

Erdungskontakt dient Ihrer Sicherheit. Falls das 

mitgelieferte Steckerformat nicht zu Ihrer 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 geschützt ist und nicht 

beschädigt werden kann. Achten Sie bitte insbesondere 

im Bereich der Stecker, Verlängerungskabel und an 

der Stelle, an der das Netzkabel das Gerät verlässt, 

auf ausreichenden Schutz.

11.  Das Gerät muss jederzeit mit intaktem Schutzleiter 

an das Stromnetz angeschlossen sein.

12.  Sollte der Hauptnetzstecker oder eine 

Gerätesteckdose die Funktionseinheit zum Abschalten 

sein, muss diese immer zugänglich sein.

13.  Verwenden Sie nur Zusatzgeräte/Zubehörteile, 

die laut Hersteller geeignet sind.

14.  Verwenden 

Sie nur Wagen, 

Standvorrichtungen, 

Stative, Halter oder Tische, 

die vom Hersteller benannt 

oder im Lieferumfang 

des Geräts enthalten 

sind. Falls Sie einen 

Wagen benutzen, seien Sie vorsichtig beim Bewegen 

der Wagen- Gerätkombination, um Verletzungen durch 

Stolpern zu vermeiden.

15.  Ziehen Sie den Netzstecker bei Gewitter oder wenn 

Sie das Gerät längere Zeit nicht benutzen.

16.  Lassen Sie alle Wartungsarbeiten nur von 

qualifi ziertem Service-Personal ausführen. Eine Wartung 

ist notwendig, wenn das Gerät in irgendeiner Weise 

beschädigt wurde (z. B. Beschädigung des Netzkabels oder 

Steckers), Gegenstände oder Flüssigkeit in das Geräteinnere 

gelangt sind, das Gerät Regen oder Feuchtigkeit ausgesetzt 

wurde, das Gerät nicht ordnungsgemäß 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 Ihren 

Haushaltsabfällen zu entsorgen. Dieses Produkt sollte bei 

einer autorisierten Sammelstelle für Recycling elektrischer 

und elektronischer Geräte (EEE) abgegeben werden. 

Wegen bedenklicher Substanzen, die generell mit 

elektrischen und elektronischen Geräten in Verbindung 

stehen, könnte eine unsachgemäße Behandlung dieser 

Abfallart eine negative Auswirkung auf Umwelt und 

Gesundheit haben. Gleichzeitig gewährleistet Ihr Beitrag 

zur richtigen Entsorgung dieses Produkts die eff ektive 

Nutzung natürlicher Ressourcen. Für weitere 

Informationen zur Entsorgung Ihrer Geräte bei einer 

Recycling-Stelle nehmen Sie bitte Kontakt zum 

zuständigen städtischen Büro, Entsorgungsamt oder zu 

Ihrem Haushaltsabfallentsorger auf.

18.  Installieren Sie das Gerät nicht in einer beengten 

Umgebung, zum Beispiel Bücherregal oder ähnliches.

19.  Stellen Sie keine Gegenstände mit off enen 

Flammen, etwa brennende Kerzen, auf das Gerät.

20.  Beachten Sie bei der Entsorgung von Batterien 

den Umweltschutz-Aspekt. Batterien müssen bei einer 

Batterie-Sammelstelle entsorgt werden.

21.  Verwenden Sie das Gerät in tropischen und/oder 

gemäßigten Klimazonen.

MUSIC Group übernimmt keine Haftung für 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 können 

ohne vorherige Ankündigung geändert werden. 

Alle Warenzeichen sind Eigentum der jeweiligen 

Inhaber. MIDAS, KLARK TEKNIK, LAB GRUPPEN, LAKE, 

TANNOY, TURBOSOUND, TC ELECTRONIC, TC HELICON, 

BEHRINGER, BUGERA und DDA sind Warenzeichen oder 

eingetragene Warenzeichen der MUSIC Group IP Ltd. 

© MUSIC Group IP Ltd. 2016 Alle Rechte vorbehalten. 

Die geltenden Garantiebedingungen und zusätzliche 

Informationen bezüglich der von MUSIC Group 

gewährten beschränkten Garantie fi nden Sie online unter 

music-group.com/warranty.
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Instruções de Segurança 
Importantes

LEGAL RENUNCIANTE

GARANTIA LIMITADA

Aviso!
Terminais marcados com o símbolo 

carregam corrente elétrica de magnitude 

sufi ciente para constituir um risco de choque elétrico. 

Use apenas cabos de alto-falantes de alta qualidade 

com plugues TS de ¼" ou plugues com trava de torção 

pré-instalados. Todas as outras instalações e modifi cações 

devem ser efetuadas por pessoas qualifi cadas.

Este símbolo, onde quer que o encontre, 

alerta-o para a leitura das instruções de 

manuseamento que acompanham o 

equipamento. Por favor leia o manual de instruções.

Atenção
De forma a diminuir o risco de choque 

eléctrico, não remover a cobertura 

(ou a secção de trás). Não existem peças substituíveis por 

parte do utilizador no seu interior. Para esse efeito recorrer 

a um técnico qualifi cado.

Atenção
Para reduzir o risco de incêndios ou 

choques eléctricos o aparelho não deve ser 

exposto à chuva nem à humidade. Além disso, não deve 

ser sujeito a salpicos, nem devem ser colocados em cima 

do aparelho objectos contendo líquidos, tais como jarras.

Atenção
Estas instruções de operação devem ser 

utilizadas, em exclusivo, por técnicos de 

assistência qualifi cados. Para evitar choques eléctricos 

não proceda a reparações ou intervenções, que não as 

indicadas nas instruções de operação, salvo se possuir as 

qualifi -cações necessárias. Para evitar choques eléctricos 

não proceda a reparações ou intervenções, que não as 

indicadas nas instruções de operação. Só o deverá fazer se 

possuir as qualifi cações necessárias.

1. Leia estas instruções.

2. Guarde estas instruções.

3. Preste atenção a todos os avisos.

4. Siga todas as instruções.

5. Não utilize este dispositivo perto de água.

6. Limpe apenas com um pano seco.

7. Não obstrua as entradas de ventilação. Instale de 

acordo com as instruções do fabricante.

8. Não instale perto de quaisquer fontes de calor 

tais como radiadores, bocas de ar quente, fogões de 

sala ou outros aparelhos (incluindo amplifi cadores) 

que produzam calor.

9. Não anule o objectivo de segurança das fi chas 

polarizadas ou do tipo de ligação à terra. Uma fi cha 

polarizada dispõe de duas palhetas sendo uma mais larga 

do que a outra. Uma fi cha do tipo ligação à terra dispõe 

de duas palhetas e um terceiro dente de ligação à terra. 

A palheta larga ou o terceiro dente são fornecidos para 

sua segurança. Se a fi cha fornecida não encaixar na sua 

tomada, consulte um electricista para a substituição da 

tomada obsoleta.

10.  Proteja o cabo de alimentação de pisadelas ou 

apertos, especialmente nas fi chas, extensões, e no local 

de saída da unidade. Certifi que-se de que o cabo eléctrico 

está protegido. Verifi que particularmente nas fi chas, nos 

receptáculos e no ponto em que o cabo sai do aparelho.

11.  O aparelho tem de estar sempre conectado à rede 

eléctrica com o condutor de protecção intacto.

12.  Se utilizar uma fi cha de rede principal ou uma 

tomada de aparelhos para desligar a unidade de 

funcionamento, esta deve estar sempre acessível.

13.  Utilize apenas ligações/acessórios especifi cados 

pelo fabricante.

14.  Utilize apenas com 

o carrinho, estrutura, 

tripé, suporte, ou mesa 

especifi cados pelo 

fabricante ou vendidos 

com o dispositivo. 

Quando utilizar um 

carrinho, tenha cuidado ao 

mover o conjunto carrinho/dispositivo para evitar danos 

provocados pela terpidação. 

15.  Desligue este dispositivo durante as trovoadas 

ou quando não for utilizado durante longos períodos 

de tempo.

16.  Qualquer tipo de reparação deve ser sempre 

efectuado por pessoal qualifi cado. É necessária uma 

reparação sempre que a unidade tiver sido de alguma 

forma danifi cada, como por exemplo: no caso do cabo 

de alimentação ou fi cha se encontrarem danifi cados; 

na eventualidade de líquido ter sido derramado ou 

objectos terem caído para dentro do dispositivo; no caso 

da unidade ter estado exposta à chuva ou à humidade; 

se esta não funcionar normalmente, ou se tiver caído.

17.  Correcta eliminação deste 

produto: este símbolo indica que 

o produto não deve ser eliminado 

juntamente com os resíduos 

domésticos, segundo a Directiva 

REEE (2012/19/EU) e a legislação 

nacional. Este produto deverá 

ser levado para um centro de recolha licenciado para a 

reciclagem de resíduos de equipamentos eléctricos e 

electrónicos (EEE). O tratamento incorrecto deste tipo 

de resíduos pode ter um eventual impacto negativo 

no ambiente e na saúde humana devido a substâncias 

potencialmente perigosas que estão geralmente 

associadas aos EEE. Ao mesmo tempo, a sua colaboração 

para a eliminação correcta deste produto irá contribuir 

para a utilização efi ciente dos recursos naturais. Para mais 

informação acerca dos locais onde poderá deixar o seu 

equipamento usado para reciclagem, é favor contactar 

os serviços municipais locais, a entidade de gestão de 

resíduos ou os serviços de recolha de resíduos domésticos.

18.  Não instale em lugares confi nados, tais como 

estantes ou unidades similares.

19.  Não 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.

O MUSIC Group não se responsabiliza por perda alguma 

que possa ser sofrida por qualquer pessoa que dependa, 

seja de maneira completa ou parcial, de qualquer 

descrição, fotografi a, ou declaração aqui contidas. 

Dados técnicos, aparências e outras informações 

estão sujeitas a modifi cações sem aviso prévio. 

Todas as marcas são propriedade de seus respectivos 

donos. MIDAS, KLARK TEKNIK, LAB GRUPPEN, LAKE, 

TANNOY, TURBOSOUND, TC ELECTRONIC, TC HELICON, 

BEHRINGER, BUGERA e DDA são marcas ou marcas 

registradas do MUSIC Group IP Ltd. © MUSIC Group 

IP Ltd. 2016 Todos direitos reservados. 

Para obter os termos de garantia aplicáveis e condições e 

informações adicionais a respeito da garantia limitada do 

MUSIC Group, favor verifi car detalhes na íntegra através 

do website music-group.com/warranty.
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(EN) Step 1: Hook-Up

(ES) Paso 1: Conexión

(FR) Etape 1 : Connexions

(DE) Schritt 1: Verkabelung

(PT) Passo 1: Conexões

DIGITAL SNAKE S32 Hook-up

F1320D active monitor

B215D active speaker B1800D PRO

DI Box

GTX30

XM8500

Keyboard

P16-D

P16-M

FCA1616 interface

FCB1010 MIDI pedal

VIEW

VIEW

VIEWVIEWVIEWVIEWVIEWVIEW

VIEW

VIEW

VIEW

– 6

X32

S32 rear panel connections
S32 Conexiones del panel trasero

S32 — Connexions de face arrière
S32 - rückseitige Anschlüsse

Conexões do painel traseiro do S32

S32 common connections
S32 Conexiones habituales

S32 — Connexions communes
S32 - übliche Anschlüsse

Conexões comuns do S32

Cabling for all AES50 connections between X32 and S32 stageboxes:

• Shielded CAT-5e, Ethercon terminated ends

• Maximum cable length 100 meters (330 feet)
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OUT 17-24

IN 33-48

VIEW

VIEW

VIEWVIEWVIEWVIEWVIEWVIEW

VIEW

VIEW

VIEW

– 6

X32

IN 1-32

OUT 1-16

Linking an S32 and S16 
Enlace de un S32 y un S16

Connexion d'un S32 et d'un S16
Kopplung einer S32 und einer S16

Conectando um S32 e um S16

S32 between two X32 consoles
S32 entre dos mesas de mezclas X32

S32 entre deux consoles X32
S32 zwischen zwei X32 Mischpulten

S32 entre duas mesas X32 

DIGITAL SNAKE S32 Hook-up

Note: The signals on both units 

are fully defi ned on the X32’s 

‘Routing/AES50 Output’ page.

S32 on stage

AES50-A

AES50-A

X32 at Side-stage

X32 at Front-of-House

VIEW

VIEW

VIEWVIEWVIEWVIEWVIEWVIEW

VIEW

VIEW

VIEW

– 6

X32

VIEW

VIEW

VIEWVIEWVIEWVIEWVIEWVIEW

VIEW

VIEW

VIEW

– 6

X32

Shielded CAT-5e

(EN) Step 1: Hook-Up

(ES) Paso 1: Conexión

(FR) Etape 1 : Connexions

(DE) Schritt 1: Verkabelung

(PT) Passo 1: Conexões

S32 with S16 and console: S32 Digital Stage Box
from stage A A S32 B A S16 -2- (Out 17-24) B

1-8 1-8 Local In 1-8 1-8 1-8 Local In 1-8 1-8

9-16 9-16 Local In 9-16 9-16 9-16 Local In 9-16 9-16

17-24 17-24 Local In 17-24 17-24 17-24 17-24

25-32 25-32 Local In 25-32 25-32 25-32 25-32

33-40 33-40 33-40 33-40 33-40

41-48 41-48 41-48 41-48 41-48

TX RX TX RX

Mixing Console FOH 

(clock master) RX S32 TX RX S32 TX

to stage A A S32 B A S16 -2- (Out 17-24) B
1-8 1-8 XLR OUT 1-8 1-8 1-8 1-8

9-16 9-16 XLR OUT 9-16 9-16 9-16 9-16

17-24 17-24 ADAT OUT 17-24 17-24 17-24 XLR OUT 1-8 17-24

25-32 25-32 ADAT OUT 25-32 25-32 25-32 ADAT OUT 25-32 25-32

33-40 33-40 P16 OUT 1-8 33-40 33-40 P16 OUT 1-8 33-40

41-48 41-48 P16 OUT 9-16 41-48 41-48 P16 OUT 9-16 41-48

S32 with two consoles: S32 Digital Stage Box
from stage A A S32 B A to FOH

1-8 1-8 Local In 1-8 1-8 1-8

9-16 9-16 Local In 9-16 9-16 9-16

17-24 17-24 Local In 17-24 17-24 17-24

25-32 25-32 Local In 25-32 25-32 25-32

33-40 33-40 33-40 33-40

41-48 41-48 41-48 41-48

RX TX RX TX

Mixing Console FOH 

(clock master)

Mixing Console Stage

(sync slave)TX RX S32 TX RX

to stage A A S32 B A
1-8 1-8 XLR OUT 1-8 Local In 1-8 1-8 1-8

9-16 9-16 XLR OUT 9-16 Local In 9-16 9-16 9-16

17-24 17-24 ADAT OUT 17-24 Local In 17-24 17-24 17-24

25-32 25-32 ADAT OUT 25-32 Local In 25-32 25-32 25-32

33-40 33-40 P16 OUT 1-8 33-40 33-40

41-48 41-48 P16 OUT 9-16 41-48 41-48
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DIGITAL SNAKE S32 Controls

(2)(1) (3) (4)

(5)

(9)(7) (10) (12)(8) (11)

(6)

(1) PHANTOM LEDs light when the 48 V supply 

voltage is engaged for a particular channel. 

(2) MIDAS-designed mic/line inputs accept 

balanced XLR male plugs.

(3) MUTE ALL button mutes all outputs for 

safely connecting and disconnecting cables 

while the PA system is still on. Keep the 

button depressed while patching cables on 

XLR inputs 1-32. The button’s red light will 

turn off  shortly after releasing it, indicating 

that the inputs are now active again.

(4) AES50 SYNC LEDs indicate proper clock 

synchronisation on either AES50 port with a 

green light. A red light indicates the AES50 

connection is not synchronised, and off  

indicates AES50 is not connected.

(5) XLR outputs 1-16 accept female balanced 

XLR plugs and provide the signals 1-16 of 

AES50 port A.

(6) POWER switch turns the unit on and off . 

(7) USB input accepts a USB type-B plug for 

fi rmware updates via PC. 

(8) AES50 ports A and B allow connection 

to a SuperMAC digital multi-channel 

network via shielded Cat-5e Ethernet 

cable with terminated ends compatible 

to Neutrik etherCON. NOTE: The clock 

master, typically the digital mixer, 

must be connected to the AES50 port A, 

while additional stage boxes would be 

connected to port B.

(9) ULTRANET port provides the 16 AES50 

channels 33-48 on a single shielded 

CAT5 cable to a BEHRINGER P16 

personal monitoring system.

(10) ADAT OUT jacks send AES50 channels 17-32 

to external equipment via optical cable. 

(11) AES/EBU outputs send the AES50 

channels 13/14 and 15/16 to devices with 

digital inputs.

(12) MIDI IN/OUT jacks accept standard 5-pin 

MIDI cables for MIDI communication to and 

from an X32 console. 

(1) Pilotos PHANTOM; se iluminan cuando haya 

activado el botón 48 V de un canal concreto.

(2) Las entradas de micro/línea con 

diseño MIDAS aceptan clavijas 

XLR macho balanceadas.

(3) El botón MUTE ALL anula todas las salidas 

para una conexión y desconexión segura 

de los cables con el sistema PA activo. 

Mantenga pulsado este botón mientras 

realiza el cableado en las tomas de 

entrada XLR 1-32. El piloto rojo del botón 

se iluminará un momento después de 

desactivar el botón para indicarle que las 

entradas vuelven a estar de nuevo activas.

(4) Los pilotos AES50 SYNC le indican una 

correcta sincronización de la señal de 

reloj en cualquiera de los puertos AES50 

por medio de un piloto verde. Un piloto 

rojo indica que la conexión AES50 no está 

sincronizada y si no está iluminado ningún 

piloto allí le indica que el puerto AES50 no 

está conectado.

(5) Las salidas XLR 1-16 aceptan clavijas XLR 

hembra balanceadas y emiten las señales 

1-16 del puerto AES50 A.

(6) El botón POWER le permite encender y 

apagar la unidad.

(7) La toma de entrada USB acepta una clavija 

USB de tipo B para realizar actualizaciones 

del fi rmware a través de un PC.

(8) Los puertos AES50 A y B permiten la 

conexión de esta unidad a una red digital 

multicanal SuperMAC a través de un cable 

Ethernet Cat-5e con blindaje y extremos 

con terminación, compatible con Neutrik 

etherCON. NOTA: Debe conectar la unidad 

máster o controladora de la señal de reloj, 

por lo general la mesa de mezclas digital, 

al puerto AES50 A, mientras que el resto de 

unidades adicionales de escenarios deberán 

ser conectadas al puerto B.

(9) El puerto ULTRANET le ofrece los 16 canales 

AES50 33-48 a través de un único cable CAT5 

con blindaje para su envío a un sistema de 

monitorización personal BEHRINGER P16.

(10) Las tomas ADAT OUT dan salida a los canales 

AES50 17-32 a unidades externas a través de 

un cable óptico.

(11) Las salidas AES/EBU emiten los canales 

AES50 13/14 y 15/16 para la conexión 

a dispositivos que dispongan de 

entradas digitales.

(12) Las toma MIDI IN/OUT admiten cables MIDI 

de 5 puntas standard para la comunicación 

MIDI a y desde una mesa X32.

(EN) Step 2: Controls

(ES) Paso 2: Controles
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DIGITAL SNAKE S32 Controls

(1) Die PHANTOM LEDs leuchten, 

wenn die 48 V-Taste eines bestimmten 

Kanals aktiviert ist.

(2) Die von MIDAS entwickelten Mic/Line-

Eingänge akzeptieren symmetrische 

XLR-Stecker.

(3) Die MUTE ALL-Taste schaltet alle Ausgänge 

stumm, damit man Kabel bei eingeschaltetem 

PA-System sicher anschließen und trennen 

kann. Lassen Sie die Taste gedrückt, 

während Sie Kabel an die XLR-Eingänge 

1 – 32 anschließen. Kurz nachdem Sie die 

Taste wieder gelöst haben, erlischt ihre rote 

LED und die Eingänge sind wieder aktiv.

(4) Die AES50 SYNC LEDs zeigen mit einer grünen LED 

die korrekte Clock-Synchronisation an den beiden 

AES50 Ports an. Bei rot leuchtender LED ist die 

AES50-Verbindung nicht synchronisiert. Bei 

erloschener LED ist AES50 nicht angeschlossen.

(5) Die XLR-Ausgänge 1 - 16 akzeptieren 

symmetrische XLR-Buchsen und liefern die 

Signale 1 - 16 von AES50 Port A.

(6) Der POWER-Schalter schaltet das Gerät ein 

und aus.

(7) Der USB-Eingang akzeptiert einen USB Typ-B 

Stecker und ermöglicht Firmware-Updates 

via PC.

(8) Die AES50 Ports A und B stellen die 

Verbindung zu einem digitalen SuperMAC 

Mehrkanal-Netzwerk her. Die Verbindung 

erfolgt über abgeschirmte Cat-5e Ethernet-

Kabel mit terminierten Enden, die kompatibel 

zu Neutrik etherCON sind. HINWEIS: Der 

Clock-Master, normalerweise ein Digitalmixer, 

muss an AES50 Port A angeschlossen werden, 

wobei man zusätzliche Stageboxen an Port B 

anschließen kann.

(9) Der ULTRANET-Port leitet die 16 AES50 Kanäle 

33 - 48 über ein einzelnes abgeschirmtes 

CAT5-Kabel zu einem BEHRINGER P16 Personal 

Monitoring System.

(10) Die ADAT OUT-Buchsen leiten die AES50-

Kanäle 17 – 32 über Glasfaserkabel zu 

externen Geräten.

(11) Die AES/EBU-Ausgänge leiten die AES50-

Kanäle 13/14 und 15/16 zu Geräten mit 

Digitaleingängen.

(12) Die MIDI IN/OUT-Buchsen akzeptieren 

standard 5-Pol MIDI-Kabel für die 

bidirektionale MIDI-Kommunikation mit 

einem X32-Mischpult.

(1) Os LEDs PHANTOM acendem quando o 

botão 48 V estiver habilitado para um canal 

em particular.

(2) As entradas de mic/linha com design 

da MIDAS aceitam tomadas XLR 

macho balanceadas.

(3) O botão MUTE ALL habilita o modo 

mute em todas as saídas, conectando e 

desconectando de maneira segura os cabos 

enquanto o sistema de sonorização ainda 

está ligado. Mantenha o botão apertado 

enquanto faz a ligação dos cabos nas 

entradas XLR 1-32. A luz vermelha do botão 

desligará um pouco depois dele ser solto, 

indicando que as entradas agora estão 

ativas novamente.  

(4) Os LEDs AES50 SYNC indicam sincronização 

adequada do relógio em uma das portas 

AES50 com uma luz verde. A luz vermelha 

indica que a conexão AES50 não está 

sincronizada, e desligada indica que a 

AES50 não está conectada.

(5) As saídas XLR 1-16 aceitam tomadas XLR 

fêmeas balanceadas e proporcionam os 

sinais 1-16 da porta A AES50.

(6) O botão POWER liga e desliga a unidade.

(7) A entrada USB aceita uma tomada USB 

do tipo B para atualização de fi rmware 

através do PC.

(8) As portas A e B AES50 permitem conexão 

com uma rede de canais múltiplos digital 

SuperMAC através de um cabo blindado 

de Ethernet Cat-5e, com extremidades 

terminadas, compatível com Neutrik 

etherCON. NOTA: O clock master, tipicamente 

o misturador digital, deve estar conectado à 

porta A AES50, e caixas de palco adicionais 

devem ser conectadas à porta B.

(9) A porta ULTRANET proporciona os 16 canais 

AES50 33-48 em um único cabo CAT5 

blindado a um sistema de monitoramento 

pessoal BEHRINGER P16.

(10) Os jacks ADAT OUT enviam os canais AES50 

17-32 a equipamentos externos através de 

cabo óptico. 

(11) As saídas AES/EBU enviam os canais 

AES50 13/14 e 15/16 a dispositivos com 

entradas digitais.

(12) Os jacks MIDI IN/OUT aceitam cabos MIDI 

padrão de 5 pinos para comunicação MIDI 

indo para e vindo de uma mesa X32.

(FR) Etape 2 : Réglages

(DE) Schritt 2: Regler

(PT) Passo 2: Controles(1) Les LEDs PHANTOM s’allument lorsque le 

bouton 48 V d’un canal est activé.

(2) Les entrées micro/ligne conçues par MIDAS 

peuvent recevoir des connecteurs XLR 

mâles symétriques.

(3) La touche MUTE ALL permet de couper toutes 

les sorties afi n d’eff ectuer vos connexions/

déconnexions en toute sécurité lorsque le 

système de sonorisation est sous tension. 

Maintenez la touche enfoncée lorsque vous 

connectez vos câbles aux entrées XLR 1 à 

32. La lumière rouge de la touche s’éteint 

quelques instants après que le bouton ait été 

relâché, ce qui indique que les entrées sont à 

nouveau actives.

(4) Les LEDs AES50 SYNC s’allument en vert pour 

indiquer que la synchronisation d’horloge est 

correctement eff ectuée pour l’un des ports 

AES50. Elles s’allument en rouge pour indiquer 

que la synchronisation n’est pas correcte 

et restent éteintes si aucune connexion 

AES50 n’est détectée.

(5) Les sorties XLR 1 à 16 acceptent les 

connecteurs XLR femelles symétriques et 

portent les signaux 1 à 16 du port AES50 A.

(6) L’interrupteur POWER permet de mettre 

l’appareil sous/hors tension.

(7) Le port USB est compatible avec les câbles 

USB de type B et permet de mettre à jour le 

fi rmware avec un PC.

(8) Les ports AES50 A et B permettent la 

connexion à un réseau numérique multi-

canaux SuperMAC avec un câble Ethernet 

blindé Cat-5e aux extrémités fermées 

compatibles avec les connecteurs Neutrik 

etherCON. REMARQUE : L’horloge maître, 

généralement celle de la console numérique, 

doit être connectée au port AES50 A, et les 

boîtiers de scène supplémentaires au port B.

(9) Le port ULTRANET permet de transmettre les 

16 canaux AES50 33 à 48 via un seul câble 

CAT5 blindé vers un système de monitoring 

personnel BEHRINGER P16.

(10) Les sorties ADAT OUT permettent de 

transmettre les canaux AES50 17 à 32 vers des 

appareils externes par un câble optique.

(11) Les sorties AES/EBU permettent de 

transmettre les canaux AES50 13/14 

et 15/16 à d’autres appareils équipés 

d’entrées numériques.

(12) Les embases MIDI IN/OUT sont compatibles 

avec les câbles MIDI dotés de connecteurs à 

5 broches et permettent la communication 

MIDI avec une console X32.
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DIGITAL SNAKE S32 Output Confi guration

S32 Output Signals

Outputs >
mixer:

44.1/48 kHz clock sync
Analog

XLR out 1-16
AES/EBU
(AES 3)

ADAT OUT
(Toslink)

P-16  Ultranet 
Personal Monitoring 

with Turbosound 
iQ control

connected to S32 port A AES50 port A = AES50-A, ch01-ch16
= AES50-A
ch13-ch14
ch15-ch16

= AES50-A
ch17-ch24
ch25-ch32

= AES50-A ch33-ch48

Specifi cations

Processing

A/D-D/A conversion
(Cirrus Logic A/D CS5368, D/A CS4385)

24-bit @ 44.1 / 48 kHz, 
114 dB dynamic range

Networked I/O latency 
(stagebox in > console processing* > stagebox out)

1.1 ms

Connectors

Programmable mic preamps, designed by MIDAS, balanced XLR 32

Line outputs, balanced XLR 16

AES/EBU outputs (AES3 XLR) 2

AES50 ports, SuperMAC networking, NEUTRIK etherCON 2

ULTRANET output, RJ45 (no power supplied) 1

MIDI inputs / outputs 1/1

ADAT outputs, Toslink 2

USB port for system updates, type B 1

Mic Input Characteristics

Preamp design MIDAS

Input impedance XLR, unbal. / bal. 5 kΩ / 10 kΩ

Non clip maximum input level, XLR +23 dBu

THD + noise, 20 dB gain, 0 dBu out < 0.008% (< 0.006% A-weighted)

Phantom power, switchable per input 48 V

Equivalent input noise level, XLR (input shorted) -128 dBu

CMRR, XLR, @ 20 dB gain (typical) > 70 dB

Input/Output Characteristics

Frequency range, @ 48 kHz sample rate, 0 dB to -1 dB 10 Hz - 22 kHz

Dynamic range, analog mic in to analog out (typical) 104 dB

A/D dynamic range, mic preamp and converter (typical) 106 dB

D/A dynamic range, converter and output 106 dB

Cross talk rejection @ 1 kHz, adjacent channels 100 dB

Output Characteristics

Output level, XLR, nom./max. +4 dBu / +21 dBu

Output impedance, XLR, unbal. / bal. 75 Ω / 75 Ω

Residual noise level, XLR -83 dBu (-85 dBu, A-weighted)

Digital In/Out

AES50 SuperMAC networking @ 48 or 44.1 kHz, 24-bit PCM 2 x 48 channels, bidirectional

AES50 SuperMAC cable length, CAT5e shielded** up to 100 m

ULTRANET networking @ 48 or 44.1 kHz, 22-bit PCM 1 x 16 channels, unidirectional

ULTRANET cable length, CAT5 shielded up to 75 m

ADAT output @ 48 or 44.1 kHz, 24-bit PCM 2 x 8 channels, unidirectional

Toslink optical, cable length 5 m, typical

AES/EBU output @ 48 or 44.1 kHz, 24-bit PCM 2 x 2 channels, unidirectional

XLR, 110 Ω balanced, cable length 5 m, typical

Power

Switch-mode autorange power supply 100-240 V (50/60 Hz)

Power consumption 55 W

Physical

Standard operating temperature range 5°C to 40°C (41°F to 104°F)

Dimensions 483 x 242 x 138 mm (19 x 9.5 x 5.4")

Weight 5.6 kg (12.4 lbs)

*includes all channel and bus processing, excluding insert eff ects

**KLARK TEKNIK NCAT5E-50M recommended

NOTE: Please verify that your specifi c AES50 connections provide stable operation prior to using the products in a live performance or recording situation. The maximum distance for 

AES50 CAT5 connections is 100 m / 330 ft. Please consider using shorter connections where possible for gaining safety margin. Combining 2 or more cables with extension connectors 

can reduce the reliability and maximum distance between AES50 products. Unshielded (UTP) cable may work well for many applications, but entails an additional risk for ESD issues. 

We guarantee, that all our products will perform as specifi ed with 50 m of KLARK TEKNIK NCAT5E-50M, and we recommend using cable of similar quality, only. KLARK TEKNIK also 

off ers the very cost-eff ective DN9610 AES50 Repeater or DN9620 AES50 Extender for situations where extremely long cable runs are required.
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FEDERAL COMMUNICATIONS 
COMMISSION COMPLIANCE 
INFORMATION

Responsible Party Name: MUSIC Group Services NV Inc.

Address: 5270 Procyon Street 
Las Vegas, NV 89118 
USA

Phone Number: +1 702 800 8290

DIGITAL SNAKE S32

complies with the FCC rules as mentioned in the following paragraph:

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 in a residential 

installation. This equipment generates, uses and can radiate radio frequency 

energy and, if not installed and used in accordance with the instructions, may cause 

harmful interference to radio communications. However, there is no guarantee that 

interference will not occur in a particular installation. If this equipment does cause 

harmful interference to radio or television reception, which can be determined 

by turning the equipment off  and on, the user is encouraged to try to correct the 

interference by one or more of the following measures:

• • Reorient or relocate the receiving antenna

• • Increase the separation between the equipment and receiver

• • Connect the equipment into an outlet on a circuit diff erent from that to which the 

receiver is connected

• • Consult the dealer or an experienced radio/TV technician for help

This device complies with Part 15 of the FCC rules. Operation is subject to the 

following two conditions:

(1) this device may not cause harmful interference, and 

(2) this device must accept any interference received, including interference that may 

cause undesired operation.

Important information:

Changes or modifi cations to the equipment not expressly approved by MUSIC Group 

can void the user’s authority to use the equipment.

DIGITAL SNAKE S32

Other important information

1. Register online. Please register your new 

MUSIC Group equipment right after you purchase it by 

visiting behringer.com. Registering your purchase using 

our simple online form helps us to process your repair 

claims more quickly and effi  ciently. Also, read the terms 

and conditions of our warranty, if applicable.

2. Malfunction. Should your MUSIC Group 

Authorized Reseller not be located in your vicinity, 

you may contact the MUSIC Group Authorized Fulfi ller 

for your country listed under “Support” at behringer.com. 

Should your country not be listed, please check if your 

problem can be dealt with by our “Online Support” which 

may also be found under “Support” at behringer.com. 

Alternatively, please submit an online warranty claim at 

behringer.com BEFORE returning the product.

3. Power Connections. Before plugging the 

unit into a power socket, please make sure you are using 

the correct mains voltage for your particular model. 

Faulty fuses must be replaced with fuses of the same type 

and rating without exception.

1. Registro online. Le recomendamos que 

registre su nuevo aparato MUSIC Group justo después de 

su compra accediendo a la página web behringer.com. 

El registro de su compra a través de nuestro sencillo 

sistema online nos ayudará a resolver cualquier 

incidencia que se presente a la mayor brevedad posible. 

Además, aproveche para leer los términos y condiciones de 

nuestra garantía, si es aplicable en su caso.

2. Averías. En el caso de que no exista un distribuidor 

MUSIC Group en las inmediaciones, puede ponerse en 

contacto con el distribuidor MUSIC Group de su país, 

que encontrará dentro del apartado “Support” de nuestra 

página web behringer.com. En caso de que su país no 

aparezca en ese listado, acceda a la sección “Online Support” 

(que también encontrará dentro del apartado “Support” 

de nuestra página web) y compruebe si su problema aparece 

descrito y solucionado allí. De forma alternativa, envíenos a 

través de la página web una solicitud online de soporte en 

periodo de garantía ANTES de devolvernos el aparato.

3. Conexiones de corriente. Antes de enchufar 

este aparato a una salida de corriente, asegúrese de que dicha 

salida sea del voltaje adecuado para su modelo concreto. 

En caso de que deba sustituir un fusible quemado, deberá 

hacerlo por otro de idénticas especifi caciones, sin excepción.

1. Enregistrez-vous en ligne. Prenez le 

temps d’enregistrer votre produit MUSIC Group aussi vite 

que possible sur le site Internet behringer.com. Le fait 

d’enregistrer le produit en ligne nous permet de gérer 

les réparations plus rapidement et plus effi  cacement. 

Prenez également le temps de lire les termes et conditions 

de notre garantie.

2. Dysfonctionnement. Si vous n’avez pas de 

revendeur MUSIC Group près de chez vous, contactez le 

distributeur MUSIC Group de votre pays : consultez la liste 

des distributeurs de votre pays dans la page “Support” de 

notre site Internet behringer.com. Si votre pays n’est pas 

dans la liste, essayez de résoudre votre problème avec 

notre “aide en ligne” que vous trouverez également dans 

la section “Support” du site behringer.com. Vous pouvez 

également nous faire parvenir directement votre demande 

de réparation sous garantie par Internet sur le site 

behringer.com AVANT de nous renvoyer le produit.

3. Raccordement au secteur. Avant de relier 

cet équipement au secteur, assurez-vous que la tension 

secteur de votre région soit compatible avec l’appareil. 

Veillez à remplacer les fusibles uniquement par des 

modèles exactement de même taille et de même valeur 

électrique — sans aucune exception.

1. Online registrieren. Bitte registrieren Sie Ihr 

neues MUSIC Group-Gerät direkt nach dem Kauf auf der 

Website behringer.com. Wenn Sie Ihren Kauf mit unserem 

einfachen online Formular registrieren, können wir Ihre 

Reparaturansprüche schneller und effi  zienter bearbeiten. 

Lesen Sie bitte auch unsere Garantiebedingungen, 

falls zutreff end.

2. Funktionsfehler. Sollte sich kein MUSIC Group 

Händler in Ihrer Nähe befi nden, können Sie den 

MUSIC Group Vertrieb Ihres Landes kontaktieren, 

der auf behringer. com unter „Support“ aufgeführt 

ist. Sollte Ihr Land nicht aufgelistet sein, prüfen Sie 

bitte, ob Ihr Problem von unserem „Online Support“ 

gelöst werden kann, den Sie ebenfalls auf behringer.com 

unter „Support“ fi nden. Alternativ reichen Sie bitte Ihren 

Garantieanspruch online auf behringer.com ein, BEVOR Sie 

das Produkt zurücksenden.

3. Stromanschluss. Bevor Sie das Gerät an 

eine Netzsteckdose anschließen, prüfen Sie bitte, ob Sie 

die korrekte Netzspannung für Ihr spezielles Modell 

verwenden. Fehlerhafte Sicherungen müssen ausnahmslos 

durch Sicherungen des gleichen Typs und Nennwerts 

ersetzt werden.

1. Registre-se online. Por favor, registre seu 

novo equipamento MUSIC Group logo após a compra 

visitando o site behringer.com Registrar sua compra 

usando nosso simples formulário online nos ajuda a 

processar seus pedidos de reparos com maior rapidez e 

efi ciência. Além disso, leia nossos termos e condições de 

garantia, caso seja necessário.

2. Funcionamento Defeituoso. Caso seu 

fornecedor MUSIC Group não esteja localizado nas 

proximidades, você pode contatar um distribuidor 

MUSIC Group para o seu país listado abaixo de “Suporte” 

em behringer.com. Se seu país não estiver na lista, 

favor checar se seu problema pode ser resolvido com o 

nosso “Suporte Online” que também pode ser achado 

abaixo de “Suporte”em behringer.com. Alternativamente, 

favor enviar uma solicitação de garantia online em 

behringer.com ANTES da devolução do produto.

3. Ligações. Antes de ligar a unidade à tomada, 

assegure-se de que está a utilizar a voltagem correcta para 

o modelo em questão. Os fusíveis com defeito terão de 

ser substituídos, sem qualquer excepção, por fusíveis do 

mesmo tipo e corrente nominal.

Important information

Aspectos importantes

Informations importantes

Weitere wichtige 
Informationen

Outras Informações 
Importantes
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Terminals marked with this symbol carry 
electrical current of suffi  cient magnitude 
to constitute risk of electric shock. 

Use only high-quality professional speaker cables with 
¼" TS or twist-locking plugs pre-installed. All other 
installation or modifi cation should be performed only 
by qualifi ed personnel.

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

enclosure - voltage that may be suffi  cient 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 
qualifi ed personnel.

Caution
To reduce the risk of fi re 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 fi lled with liquids, 
such as vases, shall be placed on the apparatus.

Caution
These service instructions are for use 
by qualifi ed 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 qualifi ed 
service personnel.

1. Read these instructions.

2. Keep these instructions.

3. Heed all warnings.

4. Follow all instructions.

5. Do not use this apparatus near water.

6. Clean only with dry cloth.

7. Do not block any ventilation openings. Install in 
accordance with the manufacturer’s instructions.

8. Do not install near any heat sources such as 
radiators, heat registers, stoves, or other apparatus 
(including amplifi ers) 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 fi t 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 specifi ed by 
the manufacturer.

12.  Use only with the 
cart, stand, tripod, bracket, 
or table specifi ed by the 
manufacturer, or sold with 
the apparatus. When a cart 
is used, use caution when 
moving the cart/apparatus 
combination to avoid 

injury from tip-over.

13.  Unplug this apparatus during lightning storms or 
when unused for long periods of time. 

14.  Refer all servicing to qualifi ed 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 is 
used as the disconnect device, the disconnect device shall 
remain readily operable.

TECHNICAL SPECIFICATIONS AND APPEARANCES 
ARE SUBJECT TO CHANGE WITHOUT NOTICE AND 
ACCURACY IS NOT GUARANTEED. BEHRINGER, 
KLARK TEKNIK, MIDAS, BUGERA, AND TURBOSOUND 
ARE PART OF THE MUSIC GROUP (MUSIC-GROUP.COM). 
ALL TRADEMARKS ARE THE PROPERTY OF THEIR 
RESPECTIVE OWNERS. MUSIC GROUP 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. COLORS AND 
SPECIFICATIONS MAY VARY FROM ACTUAL PRODUCT. 
MUSIC GROUP PRODUCTS ARE SOLD THROUGH 
AUTHORIZED FULLFILLERS AND RESELLERS ONLY. 
FULLFILLERS AND RESELLERS  ARE NOT AGENTS OF 
MUSIC GROUP AND HAVE ABSOLUTELY NO AUTHORITY 

TO BIND MUSIC GROUP BY ANY EXPRESS OR IMPLIED 
UNDERTAKING OR REPRESENTATION. THIS MANUAL 
IS COPYRIGHTED. NO PART OF THIS MANUAL MAY 
BE REPRODUCED OR TRANSMITTED IN ANY FORM 
OR BY ANY MEANS, ELECTRONIC OR MECHANICAL, 
INCLUDING PHOTOCOPYING AND RECORDING OF ANY 
KIND, FOR ANY PURPOSE, WITHOUT THE EXPRESS 
WRITTEN PERMISSION OF MUSIC GROUP IP LTD.

ALL RIGHTS RESERVED. 
© 2013 MUSIC Group IP Ltd.
Trident Chambers, Wickhams Cay, P.O. Box 146,
Road Town, Tortola, British Virgin Islands

For the applicable warranty terms and conditions 
and additional information regarding MUSIC Group’s 
Limited Warranty, please see complete details online at 
www.music-group.com/warranty. 

Important Safety 
Instructions

LEGAL DISCLAIMER

LIMITED WARRANTY



4 X32 DIGITAL MIXER Preliminary User Manual

Introduction
Welcome to the X32 User Manual! After years of intense development, we are 
proud to offer a mixer that combines tremendous power and flexibility with a 
very user-friendly layout and intuitive workflow that allow you to get up-and-
running right away. 

The X32 is the fully-integrated centerpiece of BEHRINGER’s digital mixing, 
audio networking and processing ecosystem. It combines a control surface 
with streamlined workflow, extensive I/O and signal processing into a compact 
desktop form factor.  Employing motorized faders and rotary encoders along 
with a daylight-viewable TFT screen, the control surface is designed to allow 
immediate access to critical functions with total and automatic recall of settings. 
Extensive on-board I/O includes 40 A/D and 24 D/A Cirrus Logic converters, 
96 bidirectional channels over SuperMAC AES50, stereo AES/EBU out, 16 channels 
of BEHRINGER’s Ultranet personal monitoring and 32 x 32 channels for recording 
over Firewire or USB.

Abundant analog connectivity is provided via 32 MIDAS-designed digitally-
controllable microphone preamps, 6 line-level auxiliary in- and outputs, 16 XLR 
outputs, stereo monitoring outs on XLR/TRS and dual phones outputs. Each of 
the 32 microphone inputs can accept balanced or unbalanced mic or line-level 
level signals and include switchable phantom power, 72 dB gain range and max 
+23 dBu level before clip. A separate external mic input and the internal talkback 
mic allow communication to various destinations.

Dual AES50 Ethernet jacks that employ KLARK TEKNIK SuperMAC technology 
contribute 96 x 96 signals to the total count of 168 x 168 accessible sources and 
destinations. Motorized faders, recallable mic preamps, programmable routing and 
the ability to save and recall entire scenes make set or program changes quick and 
simple. A top panel USB connector enables system data to be stored or a board mix 
to be recorded directly to external flash or hard drives.

The Input section is home for 16 high-resolution 100 mm motorized faders, 
providing control over channels 1-16, 17-32, Aux inputs / USB playback / 
FX returns. A separate section of 8 motorized faders controls DCA groups 1-8, 
bus masters 1-8 and 9-16 as well as matrices 1-6. The master “X-channel” 
section allows instant editing of the currently selected channel’s gain, 
dynamics, EQ and other functions. A custom assignable section allows certain 
control functions to be mapped directly to a set of dedicated knobs and buttons.

A main 7"-wide, high-contrast color display provides information for editing 
pertinent parameters of the active function or effect. Relevant parameters are 
quickly recalled to the display for editing via “view” buttons in each sub-section. 
Each channel also features a small, customizable LCD screen for track name, 
number, color and source graphic.

A virtual FX rack offers 8 true-stereo (16 mono) multi-effects processors, 
with 37 FX models that eliminate the need for any additional outboard gear. 
4 high-quality effects such as delay, chorus and reverb can run concurrently with 
8 channels of 31-band graphic equalization.

The built-in XUF USB 2.0/FireWire 400 interface card enables streaming of up to 
32 tracks to and from a computer for recording, mixing and mastering purposes.

The X32 integrates seamlessly with other X32 consoles, the S16 digital stage box 
and the P-16 personal monitoring system for complete live, studio and installed 
sound solutions. Control the mixer from a distance with the free iPad app or with 
editing and remote control software connected via Ethernet. The X32’s ease of 
use, intuitive workflow, diverse feature set and integration with other equipment 
make it an ideal centerpiece for installed and production sound in any setting.

Continue through this User Manual to learn all about the functionality 
that this powerful mixer has to offer! We also recommend that you check 
behringer.com to make sure you have the latest firmware installed as we release 
frequent updates.
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1.  Operational Overview
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View buttons rule

Throughout the top panel of the console, you will find small buttons labeled 
View. Press these buttons to immediately switch the console’s large color display 
(known as the Main Display) to show information related to the section whose 
View button you have just pressed. 

For example, if you are editing the equalizer and feel like seeing a large display 
of the EQ frequency response curve or corresponding EQ parameter value, 
simply press the adjacent View button in the EQ section. If you need to check 
where the talkback signal is being routed, simply press the View button next to 
the Talk button and the main display will show the details. 

With the View button approach of the X32 console, there is almost never a need 
to drill down through multiple menu pages, since the View buttons will always 
take you directly to the relevant screen. 

Tip: The Setup/Global tab on the main display allows preferences for the behavior 
of View and Select buttons to be adjusted. 

Customizing the X32 through the Utilities page 

Press the Utility button, located to the right of the main display, to bring up 
useful functions in a “context-sensitive” manner. For example:

•	 When you are adjusting the equalizer of a console channel, 
pressing the Utility button will offer copying, pasting, loading or saving 
of equalizer settings 

•	 Pressing the Utility button while editing a channel’s Preamp/Configuration 
screen will present a naming screen where you can customize the channel’s 
appearance on both the main display as well as the small channel display

•	 On the Routing pages, pressing the Utility button will offer loading or saving 
different presets of routing scenarios 

•	 In the Scenes menu, pressing the Utility button offers copying, loading, 
saving or naming console scenes

Sometimes there is more to say

Some of the individual pages on the main display contain 
more adjustable parameters than can be controlled by 
the 6 rotary push encoders located beneath it. In these 
cases there is a small page number indication, e.g. “1/2”. 
Simply press the Layer Up/Down buttons to switch 
between layers. 

Dir 05
Dir 06

Key In
Source

Select

1 2

Mixer Operational Overview

This chapter will give you an overview of the basic operations of the mixer, 
allowing you to get up and running quickly. While reading through the 
information, we encourage you to experiment with the console’s different 
screens and controls. The console’s user interface was designed to be extremely 
to navigate through and learn. More specific details about various functions can 
be referenced later in the manual.

General user interface operation

The X32 user interface is divided into five major sections:

(1) Channel Strip

(2) Input Channels

(3) Display and Monitoring

(4) Group/Bus/Main Channels

(5) Scenes/Assign/Mute Groups
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Input Channel Banks

You will find a select button on top of every channel that is used to direct the 
control focus of the user interface, including all channel related parameters 
(channel strip and main display), to that channel. Please note that at any time, 
there is exactly one channel selected (either Input Ch 1-32, Aux 1-8, FX Returns 
1L-4R, Mix Bus 1-16, Main LR/C, or Matrix 1-6). DCA Groups (digitally controlled 
amplifier) cannot be selected because they control a number of assigned 
channels rather than one specific channel.

The Input Channels section of the console is located on the left hand side, and 
offers 16 separate input channel strips. These 16 channel strips represent three 
separate layers of inputs for the console, including:

•	 Input Channels 1-16

•	 Input Channels 17-32

•	 Auxiliary Inputs 1-6/USB playback/FX Returns 1L-4R

Press any of the correspondingly labeled layer buttons on the left side of the 
console to switch the input channel bank to any of the three layers listed above. 
The button will illuminate, reminding you which layer is active. 

A fourth layer (Bus Masters) is also offered, allowing you to adjust the levels of 
the 16 Mix Bus Masters, which is useful when you wish to include Bus Masters 
into DCA Group assignments.

VIEWVIEWVIEWVIEW

VIEW

VIEW

VIEW

Channel Strip

The X32’s channel strip offers dedicated controls for the most important processing 
parameters of the currently selected channel. To adjust controls for a given channel 
strip, simply press the Select button on the desired input or output channel.

Certain sections of the channel strip (such as the low cut filter, noise gate, EQ and 
compressor) contain a respectively labeled button that can be pressed to switch 
the specific effect on and off. The button illuminates to show the effect is active, 
and goes dark when bypassed. 

Within the channel strip, the rotary control knobs are surrounded by an amber 
LED collar that indicates the parameter’s value. Whenever this backlit knob is 
turned off, it indicates that this specific control/parameter is not available for 
the selected channel type. For example, if an output bus is currently selected, 

the LED collar and the gain knob are turned off, because there is no input gain to 
be controlled on an output bus. 

The channel strip consists of the following sub-sections:

•	 Config/Preamp

•	 Gate, Dynamics

•	 Equalizer

•	 Bus Sends, Main Bus

Each of these subsections correspond to the processing steps of the currently 
selected channel, and they each have their own View button that, when pressed, 
switches the Main Display to a page displaying all related parameters for 
that subsection.
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Ch01

FatSnare

OpeningScene
02:  next 0:00 -   0:00

A:  S16 A:  48K
B:     - C:  XUF : 1501 15:33

home con�g gate dyn eq sends main

Main Display Area 

The main color display presents information about various sections of the 
console. It can be switched to different screens using the console’s View buttons, 
as well as any of the 8 buttons on the right side of the display.

The top section of the main display permanently covers useful status information. 
The top left corner shows the selected channel number, its nickname and the 
selected icon. The next block shows the current scene number and name in 
amber, as well as the next upcoming scene. The center section displays the 
playback file name along with elapsed and remaining time and a recorder status 
icon. The next block to the right has 4 segments to show the status of AES50 
ports A and B, the Card slot and the audio clock synchronization source and 
sample rate (top right). Small green square indicators show proper connectivity. 
The right most block shows the console time that can be set under Setup/Config.

When working with any given screen, press the Page keys located on the display 
bezel to switch to different screen pages. 

Editing parameters or settings on each of the screens is done using the 6 
associated push-encoders along the bottom edge of the display. 

•	 Whenever there is a continuous control or list entry, you can turn the 
corresponding knob for editing, which is indicated by various circular icons 

•	 When there is a switch or toggle function on one of these knobs, you will see 
a broad rectangular button along the lower edge of the field. Pressing the 
encoder changes the on/off state of the corresponding function. When the 
rectangular button in the display is dark grey, the corresponding function is 
off/inactive; when it is amber, the function is on/active

Monitoring and Talkback

There are two separate Level controls in this section, one for the headphone 
outputs located on either side of the console, and a second one for the monitor 
outputs located on the rear panel. 

Press the section’s View button to edit various monitoring preferences, such as 
the input source for the phones bus and the monitor outputs. 

This section also contains independent Talkback buttons (A and B). Press the View 
button to edit the Talkback preferences for the Talkback A path and Talkback B 
path separately. This screen also contains settings for the optional goose-neck 
lamp and the console’s internal test-tone generator. 

Group/Bus Channel Banks

This section of the console offers eight channel strips, divided into the 
following layers:

•	 Eight DCA (digitally controlled amplifier) groups

•	 Mix Bus masters 1-8

•	 Mix Bus masters 9-16

•	 Matrix Outputs 1-6, and the main center bus

This section also contains a main LR output fader, which is independent and 
always available no matter which channel bank or layer is active. 

When using the DCA Groups layer, the DCA Groups can be soloed and muted, 
but they cannot be selected. To edit the DCA group names, icons and colors, 
navigate to the Setup/DCA Groups page on the main display.

When using any of the output bus layers, note that the bottom LEDs on the 
meters in this section illuminate when the respective bus is fed from pre-fader 
sources of the selected channel.

VIEW

VIEW

– 6

On each fader strip you will find a motorized 100 mm level fader, Mute and Solo 
buttons, a Gate indicator, an input level meter, Compressor indicator, and the 
channel select button.

Each of the 16 input channels has an individual (and customizable) color LCD 
screen that can display a channel number, nickname, and even a graphical 
channel icon. In the event that a channel’s input source has been changed to an 
input signal that differs from the default setup, the LCD display will also indicate 
the name of the actual input source. 

Ch01
Aux5

Soundcard

PC

Example: Channel 01 has the nickname Soundcard and is fed from Aux input 5.



8 X32 DIGITAL MIXER Preliminary User Manual

Various Assignments (DCA groups, mute groups, 
custom assignable controls)

•	 Assigning DCA Groups

Thanks to the two distinct fader groups (inputs on the left, outputs on the right), 
the task of assigning channels or buses to a virtual DCA Group is a breeze on the X32. 
Simply hold the respective DCA Group Select button on the right-hand side of the 
console, while pressing the select buttons for all the input channels that you wish to 
assign to said DCA Group. You can also press the DCA Group Select button in order 
to check which channels are already assigned to it. The assigned channel Select 
buttons will light up.

•	 Assigning Mute Groups

The mute group assignment process is similar to the above, but is designed 
with an additional precaution in order to prevent accidental muting of channels 
during a show. To assign input/output channels to one of the six mute groups 
(controlled by the buttons located to the right of the Main LR fader) you need 
to first switch on the Mute Grp button next to the main display. While holding 
the desired Mute Group button, select the desired input and output channels, 
which will now be assigned to the Mute Group. When you are done with 
assignment, switch off Mute Grp at the display, and the 6 Mute Group buttons 
will work as intended.

•	 Custom Assignable Controls: 

The Assign section of the console offers three banks: A, B, and C. Each set of 
controls offers 4 rotary controls and 8 switches/buttons, allowing for freely 
customizable access to 36 random functions on the X32. 

To make a custom assignment:

•	 Press the View button in the Assign section to edit the assignments

•	 Select the set of controls you wish to edit (A, B or C)

•	 Select the control 1-12 you wish to assign

•	 Select the parameter you wish to control and assign the function

Usually this is used to control a specific channel’s parameter, like the lead 
vocalist’s reverb send level.

The Jump-to-Page control is a special target type that does not alter any 
audio parameter, but rather brings you directly to any specified display page. 
Buttons that had been used for Jump-to-Page previously can easily be reassigned 
to the current display view by holding the respective set button (A, B or C) 
depressed while pushing the desired assignable button. This method is more 
convenient than reassigning the jump function through the Assign menu.

The “Sends on Faders” Function

The X32 console features a very useful function that can be accessed by pressing 
the dedicated Sends on Faders button, located between the two fader sections.

The Sends on Faders function aids with level setting of channels sent to any of 
the 16 Mix Buses. It is only for channels assigned to Mix Buses 1-16, and does 
NOT work for DCA groups, main or matrix buses. The Sends on Faders function 
works in two convenient ways to cover the most obvious situations in a live 
sound environment :

When preparing a monitor mix for a specific musician

•	 Select the monitor bus (1-8, 9-16) that feeds the talent’s stage monitor

•	 Press the Sends on Faders button; it will illuminate

•	 Select one of the three input channel layers (CH 1-16, CH 17-32, 
Line-Aux/FX Ret) 

•	 As long as the Sends on Faders is active, all faders in the input channels 
section (located on the left side of the console) correspond to the send levels 
to the selected (monitor) mix bus

When checking/editing where a selected input signal is (to be) sent to

•	 Select the input channel in the left section

•	 Press the Sends on Faders button; it will illuminate

•	 Select either bus channel layer 1-8 or 9-16

•	 The bus faders (located on right side of the console) now represent the 
send levels from the selected input channel (located on the left side of 
the console)

The option to use Sends on Faders in both ways, selecting an input or an output 
channel, is a special feature of the X32.

VIEW
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Ch01

01: 0:00 -   0:00
A:  S16 A:  48K
B:     - C:  XUF : 1901

home aux outanalog out p16 out card out aes50-a aes50-b

13:45

Inputs 1-8 Inputs 17-24Inputs 9-16
Channel Processing Block Patch

Inputs 25-32 Aux In 1-4
Connected Devices

Local In 1-8
Local In 9-16
Local In 17-24
Local In 25-32
AES50 A1-8
AES50 A9-16
AES50 A17-24
AES50 A25-32
AES50 A33-40
AES50 A41-48
AES50 B1-8
AES50 B9-16
AES50 B17-24
AES50 A25-32

Local In 1-8
Local In 9-16
Local In 17-24
Local In 25-32
AES50 A1-8
AES50 A9-16
AES50 A17-24
AES50 A25-32
AES50 A33-40
AES50 A41-48
AES50 B1-8
AES50 B9-16
AES50 B17-24
AES50 A25-32

Local In 1-8
Local In 9-16
Local In 17-24
Local In 25-32
AES50 A1-8
AES50 A9-16
AES50 A17-24
AES50 A25-32
AES50 A33-40
AES50 A41-48
AES50 B1-8
AES50 B9-16
AES50 B17-24
AES50 A25-32

Local In 1-8
Local In 9-16
Local In 17-24
Local In 25-32
AES50 A1-8
AES50 A9-16
AES50 A17-24
AES50 A25-32
AES50 A33-40
AES50 A41-48
AES50 B1-8
AES50 B9-16
AES50 B17-24
AES50 A25-32

Aux 1-4
Local 1-4
AES50 A1-4
AES50 B1-4
Card 1-4

AES50 A

AES50 B

Routing I/O

The X32 console features 32 analog rear-panel XLR inputs with microphone-
preamps, as well as 16 rear-panel XLR Outputs and 6 TRS Aux Sends and Returns. 
In addition, there are two AES50 ports, each featuring 48 input and output 
channels, and a card slot for 32 channels of input and output to and from a 
connected computer via USB 2.0 or IEEE1394.

Input Signals can be attached to the console’s internal audio processing engine in 
blocks of 8 signals from any one of the aforementioned input sources

Note: All signal blocks patched to the audio processing will be connected to the 
corresponding input channels automatically. 
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Link Lo Cut

Ch01

01:01 0:00 -   0:00
A:  S16 A:  48K
B:     - C:  XUF : 3714:11

-6
-12
-18
-24
-30
-36
-42
-48
-54

clip

home gate dyn eq sends maincon�g

Gain

Gain

48V In

Pre PostInsDelay

dB+0.00
Link

Lo Cut

Lo Cut

Hz20
Lo Cut

Input
Select

Source
PRE

Insert

Ins Pos
InsF

Connect

Insert
ms0.3

Delay

Delay

Delay

dB+0.0 Hz2.0

Reverse

t

ft
m
ms

0.3
0.10
0.03

Source
OFF
Input 01
Input 02
Input 03
Input 04
Input 05
Input 06

Insert
OFF
InsFX 1L
InsFX 1R
InsFX 2L
InsFX 2R
InsFX 3L
InsFX 3L

Insert Position

Input Channels 1-32 are pre-configured to use the first 32 input signals, 
but can be patched to use any other available signal on the audio engine as well, 
including mix bus/sub group outputs. Changes of the Channel Source can be 
made on the Preamp Config page. 

Aux Return Channels 1-8 are pre-configured to use the 6 aux input signals, 
and the two USB playback outputs, but can be patched to use any other available 
signal of the console as well. 

FX Return Channels 1L-4R control the 4 stereo output signals of side-chain FX1-4. 

Delay
ms0.3

Set DelayAssign

ft
m
ms

0.3

0.3
0.10

Delay

Delay

Select Select Select Select

Ch01

01:01
home aux outanalog out p16 out card out aes50-a aes50-b

Analog Output CategoryCurrent Setting
Edit Output Assignment

Processed Output Signal Tap

0:00 -   0:00
A:  S16 A:  48K
B:     - C:  XUF : 3714:09

Output 01
Output 02
Output 03
Output 04
Output 05
Output 06
Output 07
Output 08
Output 09
Output 10
Output 11
Output 12
Output 13
Output 14

MixBus OFF
Main (LRC)
Mix Bus
Matrix
Direct Out
Monitor

OFF
Main L
Main R
Main C/M
Main Bus 01
Main Bus 02
Main Bus 03
Main Bus 04
Main Bus 05
Main Bus 06
Main Bus 07
Main Bus 08
Main Bus 09

Pre EQ
Post EQ
Pre Fader
Post Fader

Output Signals can be freely assigned from any internal signal to any of the 
following outputs:

•	 16x analog local XLR outputs (with adjustable digital delay for 
time-alignment of speakers)

•	 6x auxiliary sends on ¼" TRS outputs  +  2x AES/EBU outputs

•	 16x personal monitoring using the console’s P-16 Bus output connector

Any and all of the above signals can also be mirrored in blocks of 8 signals on 
either one of

•	 48x channels on AES50 port A

•	 48x channels on AES50 port B

•	 32x channels on USB/Firewire interface card
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Inputs

-6
-12
-18
-24
-30
-36
-42
-48
-54

clip

Link

Gain
dB00.00

Send Pos. Insert Pos. Insert

Link Bus Sends Insert Connect
Pre

LeOnde.mp3
29 November 2010 Scene01

13:44:43 MyProj.prj
00.05.00 00.00.00

home gate dyn eq sends maincon�g

Bus Con�guration Bus Insert Position

Insert

Ins 02

FX 01
FX 02

Ins 01

...

Ins 03
Ins 04

All Channel Sends 
Pre Con�guration

Inputs

Sub Grou

...

Post Fader

Pre EQ
Pre Fader

Insert PostPre

∑Channel Sends

The configuration of Mix Bus Channels 1-16 can be pre-set (in the Setup/Global 
page) or can also be configured on an individual, per-channel basis. The bus 
processing includes (in this order):

•	 Insert point (swappable between post-EQ and pre-EQ operation)

•	 6-band fully parametric EQ

•	 Compressor/expander (swappable between post-EQ and pre-EQ operation)

•	 Bus sends to 6 matrices (post-fader)

•	 Main LR panning

•	 Mono/Center level

Main Bus Channels LR/C are always available and independent from Mix Buses. 
The processing steps for this signal path include (in this order):

•	 Insert point (swappable between post-EQ and pre-EQ operation)

•	 6-band fully parametric EQ

•	 Compressor/expander (swappable between post-EQ and pre-EQ operation)

•	 Bus sends to 6 matrices (post-fader)

Matrix Channels 1-6 are fed exclusively by MAIN LRC and Mix Bus 1-16 signals. 
The processing steps include (in this order):

•	 Insert point (swappable between post-EQ and pre-EQ operation)

•	 6-band fully parametric EQ

•	 Compressor/expander (swappable between post-EQ and pre-EQ operation)

Effects Processing 1-8

The X32 console contains eight true-stereo internal effects engines. 

•	 FX 1-4 can be configured as side chain or insert effects, while FX 5-8 can only 
be used in insert points of channels or buses  

•	 The returns of side chain FX 1-4 can always be controlled using the 3rd bank 
(layer) of the input channels - Aux/USB/FX Returns. Note that the return 
signals of FX 1-4 have separate faders for left and right

•	 The FX Home screen allows selection of the FX 1-4 input sources and 
selecting the effects type/algorithm for each of the 8 FX slots of the 
virtual rack

•	 The subsequent tabs FX 1-FX 8 of the FX screen allow editing all parameters 
of the chosen effects processor 
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2.  Callouts
2.1  Channel Strip

VIEWVIEWVIEWVIEW

VIEW

VIEW

VIEW

(3)

(6)

(4)

(2)

(5)

(1)

(1) PREAMP – Adjust the preamp gain for the selected channel with the 
Gain knob. Press the 48 V button to apply phantom power for use  with 
condenser microphones and press the    button to reverse the channel’s 
phase. The meter displays the selected channel’s level. Press the Low Cut 
button and select the desired high-pass frequency to remove unwanted 
lows. Press the View button to access more detailed parameters on the 
Main Display. 

(2) GATE/DYNAMICS – Press the Gate/Ducker button to engage the noise gate 
and adjust the threshold accordingly. Press the Comp/Exp button to engage 
the compressor and adjust the threshold accordingly. When the signal level 
in the meter drops below the selected Gate threshold, the noise gate will 
silence the channel. When the signal level reaches the selected Dynamics 
threshold, the peaks will be compressed. Press the View buttons to access 
more parameters on the Main Display. 

(3) EQUALIZER – Press the Equalizer button to engage this section. 
Select one of the 4 frequency bands with the High, High Mid, Low Mid, 
and Low knobs. Press the Mode button to cycle through the types of EQ 
available. Select the specific frequency to be adjusted with the Freq knob, 
and adjust the bandwidth of the EQ with the Q knob. Finally, boost or cut 
the selected frequency with the Gain knob. Press the View button for more 
editing options. 

(4) BUS SENDS – Quickly adjust the bus sends by selecting one of the 4 banks, 
followed by one of the 4 knobs. Press the View button for more detailed 
editing and routing. 

(5) USB RECORDER – Connect a thumb drive to install firmware updates and to 
record performances. See the Topic Guide section for details. 

(6) MAIN BUS – Press the Mono Bus or Stereo Bus to assign the channel to the 
main mono or stereo bus. When Stereo Bus is selected, the Pan/Bal adjusts 
the left-to-right positioning. Adjust the overall send level to the Mono Bus 
with the Level knob. Press the View button for more editing options. 
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2.2  Input Channel Banks (7) LAYER SELECT – Select either the channels 1-16, channels 17-32, 
Aux In/USB/FX Returns, or Bus Masters layer with these 4 buttons. 
The currently active layer will light. 

(8) DAW REMOTE – Press this to enable DAW remote control. 

(9) SELECT – Press this button to select an input or bus (depending which layer 
is active) and allow it to be edited by the Channel Strip and Main Display. 

(10) CHANNEL METER – This displays the signal level of the input or bus 
(depending which layer is active). The Gate and Comp LEDs light to indicate 
that noise gate and/or compression are active. 

(11) SOLO – Press this button to send the channel to the Solo Bus. 

(12) MINI DISPLAY – Information such as channel number, 
nickname, input source and graphical icon are displayed on this 
color LCD screen. 

(13) MUTE – Press this button to mute the channel.

(14) FADER – Use this to adjust the channel volume or bus send in ’Sends on 
Faders’ mode. The faders will automatically display the current status as 
layers and functions are changed. 

(9)

(8)

(10)

(11)

(12)

(13)

(14)
(7)
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2.3  Display and Monitoring

VIEWVIEW

(16) (23)

(20)

(26)

(25)

(17) (22)

(27)

(21)(19)(18)

(15)

(24)

(15) PUSH ENCODERS – These 6 controls adjust the parameters presented at 
the bottom of the Main Display. The editable function will show a circular 
icon in the display when continuous control is available. The function will 
show a broad rectangular icon to indicate that a switch or toggle can be 
accessed by pushing the encoder. 

(16) LAYER BUTTONS – Some screens in the Main Display have more than 
6 editable parameters which can be accessed by pressing the Layer Up or 
Down buttons. 

(17) PAGE SELECT BUTTONS – Use these to scroll through the available screens 
or to confirm/decline certain actions. 

(18) MAIN/SOLO METERS – The main stereo output level is displayed here 
along with the solo level of all channels whose Solo button is active. 

(19) CATEGORY SELECT BUTTONS – Press one of these buttons to jump directly 
to the subject you wish to edit or configure. 

(20) MONITOR LEVEL – Adjust the level of the Monitor outputs with this knob. 

(21) PHONES LEVEL – Adjust the volume of the headphone outputs, 
located inside the left and right side caps. 

(22) MONITOR MONO – Press this button to monitor the audio in mono. 

(23) DIM – Press this button to reduce the monitor volume. Press the 
View button to adjust the amount of attenuation along with all other 
monitoring-related functions. 

(24) LAMP INPUT – Connect a standard 12 V, 5 Watt gooseneck lamp here. 

(25) TALKBACK INPUT – Connect a talkback mic via standard XLR cable to 
this input. 

(26) TALK LEVEL – Adjust the level of the talkback mic with this knob. 

(27) TALK A/B – Select the destination for the talkback mic signal with these 
buttons. Press the View button to edit the talkback routing for A and B. 
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2.4  Group/Bus Banks (28) GROUP/BUS LAYERS – Select between DCA groups 1-8, Buses 1-8 or 9-16, 
or Matrices 1-6 and the main center bus with these buttons. The currently 
active layer will light. 

(29) SENDS ON FADERS – Press this button to activate the Sends on Faders 
function. See the Topic Guide for more details. 

(30) SELECT – Press this button to select a DCA or bus (depending which layer 
is active) and allow it to be edited by the Channel Strip and Main Display. 

(31) GROUP/BUS METER – This displays the signal level of the DCA or bus 
(depending which layer is active). The Pre LED indicates that the bus is 
sourced pre-fader, while the Comp LED indicates that compression is active. 

(32) SOLO – Press this button to solo the DCA or bus. 

(33) MINI DISPLAY – Information such as matrix/bus number, 
nickname, input source and graphical icon are displayed on this color 
LCD screen. 

(34) MUTE – Press this button to mute the DCA or bus. 

(35) FADER – Use this to adjust the bus level. The faders will automatically 
display the current status as layers and functions are changed. 

(36) MAIN SELECT – Press this button to select the main bus for editing. 

(37) CLEAR SOLO – Press this button to release all sources assigned to the 
solo bus. 

(38) MAIN SOLO – Press this button to solo the main bus. 

(39) MAIN MUTE – Press this button to mute the main bus. 

(40) MAIN FADER – This fader adjusts the output of the main bus. 

(30)

(29)

(31)

(36)

(37)

(38)

(39)

(40)

(32)

(33)

(34)

(35)
(28)
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2.5  Scenes, Assign, Mute Groups (41) MUTE GROUPS – Press one of these buttons to activate one of the mute 
groups. See the Topic Guide for details. 

(42) SET SELECT BUTTONS – Press one of these buttons to activate one of the 
3 layers of custom assignable controls. 

(43) CUSTOM ASSIGN BUTTONS – Assign these 8 buttons to various 
parameters for instant access to commonly used functions. See the 
Topic Guide for details. 

(44) ASSIGN DISPLAYS – These displays provide quick reference to the 
assignments of the active layer of custom controls. 

(45) CUSTOM ASSIGN KNOBS – Assign these 4 knobs to various parameters for 
instant access to commonly used functions. See the Topic Guide for details. 

(46) SCENES BUTTONS – Use these buttons select and activate saved scenes. 
See the Topic Guide for details. 

VIEW

VIEW

(45)

(44)

(43)

(42)

(41)

(46)

2.6  Rear Panel Connections

(50) (51)

(49)

(56)

(52) (53) (54) (55)

(47) (48)

(57)

(47) MONITOR / CONTROL ROOM OUTPUTS – Connect a pair of studio 
monitors using XLR or ¼" cables. 

(48) OUTPUTS 1-16 – Send audio to external equipment using XLR cables. 
Outputs 15 and 16, by default, carry the main stereo bus signals.

(49) POWER SWITCH – Turn the power on and off with this switch. 

(50) XUF USB/FW CARD – Transmit up to 32 channels of audio to and from a 
computer via USB 2.0 or FireWire 400 cables. 

(51) REMOTE CONTROL – Connect to a PC for remote control via USB or 
Ethernet cable. 
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(50) (51)

(49)

(56)

(52) (53) (54) (55)

(47) (48)

(57)

(52) MIDI IN/OUT – Send and receive MIDI commands via 5-pin DIN cables. 

(53) AES/EBU OUT – Send digital audio via 3-pin AES/EBU XLR cable. 

(54) ULTRANET – Connect to a BEHRINGER P-16 personal monitoring system via 
Ethernet cable. 

(55) AES50 A/B – Transmit up to 96 channels in and out via Ethernet cables. 

(56) INPUTS 1-32 – Connect audio sources via XLR cables. 

(57) AUX IN/OUT – Connect to and from external equipment via 
¼" or RCA cables. 

(50) (51)

(49)

(56)

(52) (53) (54) (55)

(47) (48)

(57)
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3.  Hook-Up Diagrams

B1800D-PRO

B215D

F1320D

B3031A

Laptop

DI Box

GTX30

Keyboard

XM8500

2-TRACK HARD DISK RECORDER

FCB1010 MIDI Pedal

P-16 D

P-16 M

S16 Digital Snake

iPod

FX2000

HPX6000

(Sidecap output)
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4.  FX Descriptions
FX Descriptions

Here is a list and brief description of the effects available on the X32. 
When Stereo and Dual versions of an effect are offered, use the Stereo version 
when the left and right signal are to be altered together (e.g. on linked stereo 
channels or buses), or Dual when you want to dial different settings for the left 
and right signal. See the Topic Guide for instructions on how to add effects to a 
channel or bus. 

Stereo Precision Limiter

Stereo Precision Limiter allows you to set a precise volume limit, 
ensuring distortion-free, optimal signal integrity. Use X32’s Stereo Precision 
Limiter to boost quiet signals or preventing clipping while preserving the level of 
“hot” signals.

AUTOGAIN activates an additional long-term gain correction, allowing automatic 
gain scaling of varying input level ranges. STEREO LINK applies limiting to both 
channels equally when activated. INPUT GAIN provides up to 18 dB of gain to 
the input signal prior to limiting. OUTPUT GAIN sets the final gain level of the 
processed signal. SQUEEZE adds compression to the signal to add punch and a 
slight distortion depending on the amount you dial in. ATTACK sets the attack 
time, ranging from 0.05 mS to 1 mS. RELEASE adjusts the release time from 
0.05 mS to 1.04 seconds. KNEE adjusts the soft limiting threshold point from hard 
limiting (0 dB) to maximum soft limiting (10 dB).

Stereo Delay

Stereo Delay provides independent control of left and right delay (echo) 
times and features high and low pass filters for enhanced tone shaping of the 
delayed signals. Use the Stereo Delay to give your mono signals a wide presence 
in the stereo field.

The MIX control lets you blend the source signal and the delayed signal. 
TIME adjusts the master delay time up to three seconds. LO CUT adjusts the low 
frequency cut, allowing lower frequencies to remain unaffected by the delay. 
HI CUT adjusts the high frequency cut, allowing higher frequencies to remain 
unaffected by the delay. FACTOR L sets the delay on the left channel to rhythmic 
fractions of the master delay time. FACTOR R sets the delay on the right channel 
to rhythmic fractions of the master delay time. OFFSET LR adds a delay difference 
between the left and right delayed signals. The FEED LO CUT/HI CUT adjusts filters 
in the feedback paths. FEED L and FEED R control the amount of feedback for 
the left and right channels. MODE sets the feedback mode: Mode ST sets normal 
feedback for both channels, X crosses feedbacks between left and right channels. 
M creates a mono mix within the feedback chain.  

Triple Delay 

Sometimes called a 3-Tap Delay, the Triple Delay provides three delay stages with 
independent frequency, gain, and pan controls. Create time-based echo effects 
with the Triple Delay to increase the sense of stereo separation.

TIME BASE sets the master delay time, which is also the delay time for the first 
stage. GAIN BASE sets the gain level of the first stage of the delay. PAN BASE sets 
the position of the first delay stage in the stereo field. LO CUT sets the frequency 
at which the source signal can begin passing through the delay. HI CUT sets the 
frequency at which the source signal no longer passes through the delay. X-FEED 
indicates that stereo cross-feedback of the delays is active. MONO activates 
a mono mix of both channels for the delay input. FEED adjusts the amount of 
feedback. FACTOR A controls the amount of delay time in the second stage of 
the delay. GAIN A controls the gain level of the second delay stage. PAN A sets 
the position of the second delay stage in the stereo field. FACTOR B controls the 
amount of delay time in the third stage of the delay. GAIN B controls the gain 
level of the third delay stage. PAN B sets the position of the third gain stage in the 
stereo field.

Ambience 

Ambience creates a customizable virtual acoustic space in which to place the 
elements of a mix. Use Ambience to add warmth and depth without coloring the 
direct sound. (Inspired by the Lexicon Ambience Algorithm)

PRE DELAY sets the time before the reverb follows the source signal. 
DECAY adjusts the time it takes for the reverb to completely dissipate. 
SIZE controls the room size emulation. DAMPING controls the high frequency 
decay within the reverb tail. DIFFUSE controls the initial echo density. Level sets 
the volume output of the affected signal. LO CUT adjusts the low frequency cut, 
allowing lower frequencies to remain unaffected by the reverb. HI CUT adjusts 
the high frequency cut, allowing higher frequencies to remain unaffected by the 
reverb. MOD adjusts the level of reverb decay modulation. TAIL GAIN adjusts the 
volume of the reverb tail.

Reverse Reverb

Reverse Reverb takes the trail of a reverb, turns it around, and places it in front 
of the sound source. Use the swelling crescendo of the Reverse Reverb to add an 
ethereal quality to vocal and snare tracks. (Inspired by the Lexicon 300/480L)

Adjusting the PRE DELAY knob adds up to 200 milliseconds of time before the 
reverb follows the source signal. The DECAY knob adjusts the time it takes for 
the reverb to completely dissipate. RISE controls how quickly the effect builds 
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up. DIFF(USION) controls the initial reflection density. SPREAD controls how the 
reflection is distributed through the envelope of the reverb. The LO CUT knob 
sets a low frequency beneath which the source signal will not pass through the 
reverb. The HiSvFr/HiSvGn knobs adjust a Hi-Shelving filter at the input of the 
reverb effect. 

Gated Reverb

This effect was originally achieved by combining a reverb with a noise gate. 
Our gated reverb creates the same impression by a special shaping of the reverb tail.

Gated Reverb is especially effective for creating a 1980s-style snare sound or to 
enlarge the presence of a kick drum. (Inspired by the Lexicon 300/480L)

PRE DELAY controls the amount of time before the reverberation is heard following 
the source signal. DECAY controls the amount of time it takes for the reverb to 
dissipate. ATTACK controls how fast the reflection density builds up.  DENSITY shapes 
the reverb decay tail. The higher the density, the greater the number of sound 
reflections. SPREAD controls how the reflection is distributed through the envelope 
of the reverb. The LO CUT knob sets the frequency beneath which the source signal 
will not pass through the reverb. The HiSvFr/ HiSvGn knobs adjust a Hi-Shelving filter 
at the input of the reverb effect. DIFF(USION) controls the initial reflection density.

Plate Reverb

A plate reverb was originally created by sending a signal through a transducer 
to create vibrations on a plate of sheet metal which were then picked up as an 
audio signal. Our algorithm simulates that sound with high initial diffusion and a 
bright colored sound. X32’s Plate Reverb will give your tracks the sound heard on 
countless hit records since the late 1950s. (Inspired by the Lexicon PCM-70)

PRE DELAY controls the amount of time before the reverberation is heard 
following the source signal. DECAY controls the amount of time it takes for the 
reverb to dissipate. SIZE adjusts the size of the virtual room created by the reverb 
effect. The DAMP knob adjusts the decay of high frequencies within the reverb 
tail. DIFF(USION) controls the initial reflection density. The LO CUT knob sets the 
frequency beneath which the source signal will not pass through the reverb. 
The HI CUT knob sets the frequency above which the source signal will not pass 
through the reverb. The BASS MULT(IPLIER) knob adjusts the decay time of the 
bass frequencies. XOVER controls the crossover point for bass. MOD DEPTH and 
SPEED control the intensity and speed of the reverb tail modulation. 

Hall Reverb 

Classic Hall Reverb simulates the reverberation that occurs when sound is 
recorded in medium to large-sized concert halls. Use the Hall Reverb to give your 
mix a lush, three-dimensional quality that will make your performance sound 
larger than life. (Inspired by the Lexicon Hall)

The PRE DELAY slider controls the amount of time before the reverberation is 
heard following the source signal. DECAY controls the amount of time it takes for 
the reverb to dissipate. SIZE controls the perceived size of the space being created 
by the reverb effect. The DAMP slider adjusts the decay of high frequencies within 
the reverb tail. DIFF(usion) controls the initial reflection density. SHAPE adjusts 
the contour of the reverberation envelope.  

Vintage Room 

Vintage Room simulates the reverberation that occurs when sound is recorded in 
a small room. When you want to add a bit of warmth and just a touch of reverb, 
X32’s Vintage Room breathes life into close-miced guitar and drum tracks. 
(Inspired by the Quantec QRS)

The VU meter displays the input and output levels. Set the early reflection times 
for the left and right channel with ER DELAY L and ER DELAY R.  ER LEVEL sets the 
loudness of the early reflection level. REV DELAY controls the amount of time before 
the reverberation is heard following the source signal. HI/LOW MULTIPLY adjusts the 
decay time of the high and bass frequencies. TIME shows the duration of the reverb 
effect. ROOM SIZE adjusts the size of the room effect being created incrementally 
from small to large. HIGH CUT sets the frequency above which the source signal 
does not pass through the reverb. DENSITY manipulates the reflection density in the 
simulated room. (This slightly changes the reverb decay time). LOW CUT sets the 
frequency below which the source signal does not pass through the reverb. 

Vintage Reverb

Based on the legendary EMT250, X32’s Vintage Reverb delivers shimmering 
bright reverb that won’t drown out or overpower your live or recorded tracks. 
Use Vintage Reverb to sweeten vocals and snare drums without sacrificing clarity. 

When layer 1 is selected, the first slider on the left sets the reverb time from 
4 milliseconds to 4.5 seconds. Slider 2 controls the low frequency multiplier 
decay time.  Slider 3 controls the high frequency multiplier decay time. Slider 4 
controls the amount of modulation in the reverb tail. When layer two is selected, 
slider 1 adjusts the pre delay. Slider 2 selects the low cut frequency. Slider 3 
selects the Hi Cut frequency. Slider 4 adjusts the output level of the reverb. 
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When Layer 1 is selected, the far left encoder push button allows you to select 
between virtual front and rear outputs. Rear is suitable for drums due to it being 
less reflective. Front is well-suited for vocals and other dynamic instruments. 
The Vintage button enables the simulation of the input transformers. 

Stereo/Dual Tube Stage/Overdrive

Tube Stage/Overdrive is a versatile effect capable of emulating a variety of 
modern and classic tube preamps. Available in stereo and dual-mono versions, 
use Tube Stage/Overdrive to dial in warm and fuzzy sounds from subtle to 
fully saturated.

DRIVE adjusts the amount of harmonics being driven by the effect. EVEN and ODD 
adjust the amount of even and odd harmonics. GAIN adjusts the output gain of 
the effect. LO CUT sets the input frequency below which the source signal will not 
pass through the effect. HI CUT sets the input frequency above which the input 
signal will not pass through the effect. BASS GAIN/FREQ adjust a low shelving 
filter at the output of the effect. TREBLE GAIN/FREQ adjust a high shelving filter at 
the output of the effect. 

Stereo Imager

A Stereo Imager is typically used to control the placement of a signal within the 
stereo field during mixdown or mastering. Modeled after the BEHRINGER Edison 
rack unit, X32’s Stereo Imager will lend a professional quality to your live and 
recording performances. 

The BALANCE knob allows you to emphasize the mono or stereo components 
of the input signal. The mono and stereo signals can be panned independently 
with the MONO PAN and STEREO PAN knobs. OUT GAIN is used to compensate for 
level changes resulting from the effect. The phase can also be shifted using the 
shelving knobs. Select the frequency and bandwidth (Q) using the corresponding 
knobs, then adjust the gain with the SHV GAIN knob. 

Rotary Speaker

Rotary Speaker emulates the sound of a Leslie rotating speaker. X32’s Rotary 
Speaker provides more flexibility than its electro-mechanical counterpart, 
and can be used with a variety of instruments, and even vocals, to create a 
whirling, psychedelic effect. 

The LO SPEED and HI SPEED knobs adjust the rotational speed of the 
SLOW and FAST Speed selection, and can be toggled with the FAST button. 
The ACCEL(eration) knob adjusts how quickly the speed increases and decreases 
from the Slow mode to the Fast mode. The rotation effect can also be disengaged 
with the STOP button, which will stop the movement of the speakers. 

DISTANCE adjusts the distance between the Rotary speakers and the 
virtual microphone. 

Chorus / Stereo Chorus 

Chorus samples the input, slightly detunes it and mixes it with the original 
signal to produce a somewhat thicker, shimmering sound. Use it to thicken up 
background vocals, or to double the sound of brass and woodwind instruments.

Where as DELAY L/R set the total amount of delay for the left and right channel, 
WIDTH determines the amount of modulated delay. SPEED sets the modulation 
speed. MIX adjusts the balance of the dry and wet signals. You can further sculpt 
the sound by trimming some of the low and high end from the effected signal 
with the LO and HI CUT knobs. Additionally, the PHASE knob can tweak the 
phase offset of the LFO between left and right channel and the SPREAD knob 
adjusts how much of the left channel is mixed into the right and vice versa. 
Finally, the WAVE knob blends between the “Danish-style” digital triangular 
chorus sound and the classic analog sine wave. 

Flanger / Stereo Flanger 

The Flanger emulates the phase-shifting sound (comb-filtering) 
originally created by applying pressure against the flange of the reel on a tape 
recorder. This effect creates a unique “wobbly” sound that is quite dramatic when 
used on vocals and instruments. 

The controls of this effect are nearly identical to the Chorus effect block. 
Additionally, the FEEDBACK can be adjusted with positive and negative amounts 
and also band-limited with the FEED HC (high-cut) and FEED LC (low-cut) knobs. 

Stereo Phaser

A Stereo Phaser, or phase shifter, applies multiple STAGES of modulated filters to 
the input signal to create a “notch” in the frequency response, and then applies 
a MIX with the original for a “swirling” effect. Use X32’s Stereo Phaser to add a 
“spaced-out” sound to vocal or instrument tracks. 

SPEED adjusts the LFO rate and DEPTH sets the LFO modulation depth.

The BASE knob adjusts the frequency range of the modulated filters. 
The resonance is adjusted with the RESO knob. The WAVE knob shapes the 
symmetry of the LFO waveform and PHASE dials in an LFO phase difference 
between the left and right channel. The modulation source can also be the signal 
envelope, which produces vowel-like opening and closing tones. The ENV MOD 
knob adjusts how much this effect takes place (positive and negative modulation 
is possible), and the ATTACK, HOLD and RELEASE knobs all tailor the response of 
this feature. 
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Tremolo / Panner

Stereo Tremolo creates an up and down volume change at a constant and even 
tempo just like the guitar amps of yesteryear. Use X32’s Stereo Tremolo to add a 
unique “surf-music” texture to a vocal or instrument track. 

SPEED adjusts the LFO rate and DEPTH sets the amount of modulation. 
PHASE can be used to set an LFO phase difference between the left and right 
channel, which can be used for panning effects. The WAVE knob blends the LFO 
waveform between triangular and square shape. The signal envelope, shaped by 
ATTACK, HOLD and RELEASE, can be used to modulate the LFO speed (ENV SPEED) 
and the LFO modulation depth (ENV DEPTH).

Stereo / Dual Pitch

Pitch shifting is often used in two different ways. One is to set the Mix knob lower 
and only use the Cent knob to make a small offset in pitch between the wet and 
dry tones. This results in a “voice doubling” effect that thickens the overall sound 
in a more subtle way. The extreme use of the effect is to turn the Mix knob fully-
clockwise so the entire signal is effected. This way, the signal can be shifted into 
other keys up to an octave above or below the original. When used on a voice, 
this results in a “chipmunk” sound or a low Darth Vader effect. 

When the SEMI and CENT knobs are set at 12:00, the pitch is not altered. 
Making adjustments by semitone will have a very pronounced effect, 
whereas changes to the CENT knob will be very minor. The DELAY knob creates a 
time difference between the wet and dry sound. The LO and HI CUT knobs allow 
the effected signal to be band-limited. The Dual Pitch effect allows the left and 
right channels to be adjusted independently, and allows GAIN compensation and 
panning of the two channels. 

Stereo / Dual Guitar Amp

Modeled after the Tech 21 SansAmp, the Stereo / Dual Guitar Amp simulates the 
sound of plugging into a real guitar amp. From shimmering cleans to saturated 
crunch, X32’s Stereo / Dual Guitar Amp allows an electric guitar player to sound 
great without using an amp on stage. 

The PREAMP knob adjusts the amount of input gain prior to the band-specific 
distortion adjustment. BUZZ adjusts the low-end breakup, PUNCH adjusts 
the midrange distortion, and CRUNCH tailors the high-frequency content and 
distortion for smooth or cutting notes. The DRIVE knob simulates the amount 
of power amp distortion from a tube amp. The LOW and HIGH knobs allow 
EQ adjustment independent of distortion content, and the overall output is 
controlled by the LEVEL knob. The CABINET simulation can be bypassed if the 
guitarist is already using a real cab, which allows the effect to function like a 
boost or distortion pedal. The Dual Guitar Amp allows the left and right channels 
to be adjusted independently. 

Wave Designer

Wave Designer is a powerful tool for adjusting signal transients and dynamics, 
such as attack and sustain. Use it to make a snare drum really “crack” in the 
mix or level out volume inconsistencies of slap bass tracks. (Inspired by the SPL 
Transient Designer)

Adjusting the ATTACK knob can add punch or tame overly dynamic signals. 
Increasing the SUSTAIN knob acts in a similar way as a compressor, allowing the 
peaks to carry longer before decay. The effect can also be used to reduce the 
sustain for a more staccato sound. The GAIN knob compensates for level changes 
caused by the effect. 

Stereo Exciter / Dual Exciter

Exciters increase presence and intelligibility in live sound applications, and are 
indispensable for adding clarity, air and harmonic overtones in the recording 
studio. This effect is particularly useful for filling out the sound in difficult rooms 
and for producing a more natural live/recorded sound. (Inspired by the famous 
Aphex Aural Exciter)

Set the frequency of the side-chain filter with the TUNE knob, and further shape 
the filter slope with the PEAK and ZERO FILL knobs. Turning the TIMBRE knob 
left of center adds more odd harmonics, while turning it right of center adds 
more even harmonics. Adjust the harmonic content added to the signal with 
the HARMONICS knob, and blend in the effected signal with the MIX knob. 
Engage the SOLO MODE to isolate only the audio resulting from the effect so you 
can hear exactly what you’re adding to the mix. 

Stereo Enhancer / Dual Enhancer

X32’s Enhancers are so called “Psycho EQs”. They can enhance the signal 
spectrum in bass, midrange and high frequencies but they differ from traditional 
equalizers. When you need to generate maximum punch, clarity and detail, 
without turning up the overall volume, our enhancers are the solution. 
(Inspired by the SPL Vitalizer)

Adjust the BASS, MID and HI GAIN knobs to add or reduce content in those 
spectrums. The BASS and HI FREQuencies can be specifically selected, while the 
MID Q (bandwidth) can be adjusted instead. The OUT GAIN knob compensates for 
changes in level resulting from the effect, and the SPREAD knob (Stereo version 
only) emphasizes the stereo content for a wider mix. Engage the SOLO MODE 
to isolate only the audio resulting from the effect so you can hear exactly what 
you’re adding to the mix. 
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Mood Filter

The Mood Filter uses an LFO generator and an auto-envelope generator to control 
a VCF (voltage-controlled filter), as well as a side chain function where the 
channel B signal controls the envelope of channel A. When applied to electronic 
instruments, the Mood Filter can be used to emulate the natural sound of 
acoustic instruments. (Inspired by the MiniMoog) 

This filter can be modulated with the signal’s envelope using the ENV MOD 
(with positive and negative amounts), ATTACK and RELEASE knobs, or the LFO 
can modulate the filter. The WAVE knob selects between 7 different wave forms 
– triangular, sine, saw plus, saw minus, ramp, square, and random. The PHASE 
can be offset by up to 180 degrees. The SPEED knob adjusts the rate of the LFO  
and the DEPTH adjusts the amount of LFO modulation. Adjust the resonance of 
the filter until self-oscillation with the RESO(nance) knob. BASE adjusts the range 
of the filter from 20 Hz to 15 kHz. The MODE switch selects between low pass 
(LP), high-pass (HP), band-pass (BP) and Notch. Use the MIX knob to blend the 
effected signal with the dry sound. With the 4 POLE switch engaged, there will 
be a steeper slope than the OFF (2 pole) setting. The DRIVE knob adjusts the 
level and can also introduce an overdrive effect (as with real analogue filters) 
if pushed hard. In Sidechain mode, only the left input signal is processed and 
fed to both outputs. The envelope of the right input signal can be used as a 
modulation source.

Delay + Chamber

Here we have combined Delay and Chamber reverb, so a single device can provide 
a variety of delay settings, plus add just the right type and amount of reverb to 
the selected signal. This device only uses one FX slot. (The Reverb is Inspired by 
the Lexicon PCM 70)

Use the BALANCE knob to adjust the ratio between delay and reverb. 
Low frequencies can be excluded with the LO CUT knob, and the MIX adjusts 
how much of the effect is added to the signal. The TIME knob adjusts the delay 
time for the left channel delay, and the PATTERN sets the delay ratio for the 
right channel delay. Adjust the FEEDBACK and trim some high frequencies with 
the FEED HC (high-cut) knob. The XFEED knob allows you to send the delay 
sound to the reverb effect, so instead of running completely parallel, the reverb 
effects the echos to a selected degree. The PREDELAY knob determines the 
hesitation before the reverb affects the signal. The DECAY knob adjusts how 
quickly the reverb fades. The SIZE controls how large or small the simulated 
space is (room, cathedral, etc.). The DAMPING knob determines the decay of high 
frequencies within the reverb tail. 

Chorus  + Chamber

Taking up only one FX slot, the Chorus + Chamber effect combines the shimmer 
and doubling characteristics of a studio-grade Chorus with the sweet sound of a 
traditional Chamber reverb. (Reverb is Inspired by the Lexicon PCM 70)

The BALANCE knob adjusts the balance between chorus and reverb. Low 
frequencies can be excluded with the LO CUT knob, and the MIX knob adjusts 
how much of the effect is added to the signal. SPEED, DELAY and DEPTH adjust 
the rate, delay, and modulation depth of the chorus. The LFO PHASE between left 
and right channel can be offset by up to 180 degrees, and WAVE adjusts the LFO 
waveform from a sine wave to triangular wave. The PREDELAY knob determines 
the hesitation before the reverb affects the signal. The DECAY knob adjusts how 
quickly the reverb fades. The SIZE controls how large or small the simulated 
space is (room, cathedral, etc.). The DAMPING knob determines the decay of high 
frequencies within the reverb tail.

Flanger + Chamber

Add the mind-bending, filter-sweeping effect of a state-of-the-art Flanger to 
the elegant sweetening of a traditional Chamber reverb—all in one FX slot. 
(Reverb is Inspired by the Lexicon PCM 70)

The BALANCE knob adjusts the ratio between flanger and reverb. Low frequencies 
can be excluded with the LO CUT knob, and the MIX knob adjusts how much of 
the effect is added to the signal. SPEED, DELAY and DEPTH adjust the rate, delay, 
and modulation depth of the flanger. FEEDback can be adjusted with positive and 
negative amounts. The PHASE can be offset by up to 180 degrees. The PREDELAY 
knob determines the hesitation before the reverb affects the signal. The DECAY 
knob adjusts how quickly the reverb fades. The SIZE controls how large or small 
the simulated space is (room, cathedral, etc.). The DAMPING knob determines the 
decay of high frequencies within the reverb tail.
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Delay + Chorus

This combination effect merges a user-definable Delay (echo) with a studio-
quality Chorus sure to fatten up even the “skinniest” track. Uses only one FX slot. 
(Inspired by the TC Electronic D-Two)

The TIME knob adjusts the delay time, and the PATTERN knob sets the delay ratio 
for the right channel and negative values activate a cross feedback between 
the two channels. The FEEDHC knob adjusts the delay high-cut frequency, 
while the FEEDBACK knob adjusts the number of repeats. The X-FEED knob allows 
you to send the delay sound to the chorus effect. The BALANCE knob adjusts 
the ratio between delay and chorus. SPEED, DELAY and DEPTH adjust the rate, 
delay, and modulation depth of the chorus. The right channel LFO PHASE can be 
offset by up to 180 degrees, and WAVE adjusts the chorus character by shaping 
the LFO waveform from sine wave to triangular wave. Use the MIX knob to blend 
the effected signal with the “dry” sound. 

Delay + Flanger

This handy dynamic duo blends the “woosh” of soaring jet planes with classic 
Delay, and can be adjusted from mild to wild. This combination effect only takes 
up one FX slot. (Inspired by the TC Electronic D-Two)

The TIME knob adjusts the delay time, and the PATTERN knob sets the delay ratio 
for the right channel and negative values activate a cross feedback between 
the two channels. The FEEDHC knob adjusts the delay high-cut frequency, 
while the FEEDBACK knob adjusts the number of repeats. The X-FEED knob 
allows you to send the delay sound to the flanger effect. The BALANCE knob 
adjusts the ratio between delay and flanger. SPEED, DELAY and DEPTH adjust the 
rate, delay, and modulation depth of the flanger. The right channel LFO PHASE 
can be offset by up to 180 degrees, and FEED (positive and negative amounts) 
adjusts the feedback effect. Use the MIX knob to blend the effected signal with 
the “dry” sound. 

Dual / Stereo GEQ

These are standard graphic equalizers that provide 31 bands of adjustment 
between 20 Hz and 20 kHz. A master volume slider compensates for changes in 
volume caused by the equalization. A maximum boost or cut of 15 dB is available  
for each band. 

Dual / Stereo TruEQ

The TruEQ incorporates a special algorithm that compensates for the gain 
adjustment overlapping effect that adjacent frequency bands have on one 
another. On a standard EQ, when neighboring bands are boosted together, 
the resulting effect is magnified beyond what is visible from the positioning of 
the sliders.  

Graphic equalizer without frequency response correction.

This compensated EQ will produce an adjustment that is identical to the actual 
positioning of the sliders.

Graphic equalizer with frequency response correction.
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5.  Topic Guide
5.1  Starting up, shutting down,  
and firmware updates
We recommend switching the X32 on before any active sound reinforcement 
system is connected. The function called “Safe Main Levels”, located in the 
Setup/General Preferences screen, automatically turns down the main LRC bus 
levels when booting the console, and also prevents any scene loading actions 
from affecting (specifically turning up) the main levels.

Synchronization and Sample Rate settings can also be adjusted on the 
Setup/Config page, but please note that changing the sample rate will require a 
console reboot.

◊ Please Note: Settings under ‘Link Preferences’, ‘Panning Mode’, 
and ‘DCA groups’ are stored with the Scene data while all other settings 
made on the Setup/Config page are not stored in any preset and will 
not be initialized either. Please verify before using the X32 that the 
sample rate is set correctly and if the synchronization source is selected 
appropriately. If set to external synchronization via one of the two 
AES50 ports, while no clock source is actually connected or switched on, 
then the corresponding small square icon in the main display’s top row 
would be red rather than green. In normal state you should only see 
1-4 green squares in the top section depending on the units connected.

Note that if the X32 console has previously been in use by somebody else, and you 
feel unsure about its actual status, you can reset it to default settings in either of 
two convenient ways:

1. While the console is booting up and the “X32” logo appears on the screen, 
press and  hold  the “Scenes / UNDO” button, keeping it depressed until the 
console is fully operational and the Home screen is displayed. The console 
will now be in the exact same state as it was when first shipped from the 
factory. However, you can immediately revert back to the status the console 
was in before being switched off by pressing the Scenes/UNDO button.

2. You can also reset the console any time after booting by pressing 
“Setup/Config” -> “Initialize”.

The X32 regularly stores the console’s status to its onboard flash memory, 
so there is usually nothing wrong with switching it off, and you do not have to 
explicitly save the current status. However, when a large number of parameters 
have been recently changed, storing all of them to flash can take up to 1 minute, 
in a “worst-case” scenario. In order to prevent any errors by losing power during 
this type of storage operation, we recommend using the “Safe Shutdown” 
function from the Setup/Global page, an operation similar to un-mounting a 
USB thumb-drive from your PC.

Updates:

The X32 firmware can easily be updated by plugging a USB stick into the top 
panel USB connector after a firmware update file has been downloaded and 
stored on the root level of the attached drive. Simply insert the USB drive while 
the console is turned off, then power on the console. While booting, the X32 will 
run a fully automatic firmware update, which might take 2-3 minutes longer than 
the regular boot sequence.

The USB socket is not suitable for other non-memory USB devices like keyboards, 
mice, lamps, etc. 

5.2  Default setup for connecting to monitoring 
and P.A. systems
The X32 comes pre-configured with the local XLR inputs connected to input 
channels 1-32, and XLR outputs 1-14 connected to the mix bus masters 1-14. 
Bus masters 13-16 are connected to the effects inputs FX1-4. The Main LR (stereo) 
signal is normally put out on XLR outputs 15/16. 

The Monitoring outputs on ¼" and XLR connectors, and the two Phones outputs 
(in the side-cap handles) always carry either the Monitor Source signal or any solo 
signal, whenever a solo button is active. Press the View button in the Monitor 
section to check or change the solo and monitoring preferences.

1. Power up the X32 console first, before any connected power amps or 
speakers are switched on.

2. Connect cables to XLR outputs 15 and 16 on the rear panel, connecting the 
other ends of the cables to the inputs of your P.A. system. These normally 
carry the main stereo bus left and right.

3. All buses or input channels that are to be put out on the main PA system 
must have their Stereo Bus switches on. Use the selected channel’s pan 
control to place the signal within the main stereo field, and the channel’s 
fader to set the volume.

4. Use the rear panel Monitoring outputs to connect monitor speakers or, if you 
prefer, use the ¼" outputs in the sidecaps to connect your head phones. 
You will either hear the monitor source signal, which is Main Stereo by 
default, or any channel with its solo button being active.

5.3  How do I connect a microphone, process its 
signal and send it out to the P.A. system?
1. Press the Select button of a desired input channel (for example, channel 1 on 

the “Channels 1-16” input layer) and make sure the channel fader is down. 

2. In the channel processing section in the upper left hand corner, make sure 
the phantom power is switched off.

3. Connect a microphone to XLR input 1 on the X32’s rear panel.

4. Press the 48V button to switch phantom power on for channel 1 
(if the microphone requires it, such as a condenser microphone).

5. Use the Gain control to adjust the gain level as necessary, using the input 
meter as a guide. 

6. Switch on and adjust the Low Cut filter as needed to remove rumble or 
wind noise.

7. Adjust the channel equalizer controls to sculpt the sound quality of the 
microphone signal.

8. Adjust the channel Gate and Compressor controls as desired. Note that by 
pressing the “view” button in the compressor or gate section, the main 
screen will switch to the compressor or gate display for the selected channel, 
offering additional compressor or gate controls beyond the dedicated 
top-panel controls. 

9. Turn on the “Stereo Bus” switch in order to route the selected signal to 
the main LR, then adjust the Pan control to place the signal within the 
stereo field.

10. Adjust the Channel 1 fader to the 0 dB region, then slowly turn up the main 
LR fader until you hear the mic signal amplified through your P.A. system.
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5.4  How do I add one of the 8 internal effects 
to the sound?
There are two types of effects that are commonly used:

•	 “Effects Loop” (side chain) style effects, where multiple channels all send 
varying amounts of their signal to a common effect, such as a reverb, 
delay, or chorus.

•	 “Insert” style effects that are inserted in to the signal path of a single 
channel of audio. Examples would be a graphic EQ, filter, exciter, 
or tube emulator.

To apply an “Effects Loop” style effect:

•	 Press the “FX” menu button. The main screen will show the FX home screen 
where different effects processors are assigned to the 8 processing slots.

•	 Adjust rotary encoder #6 to highlight the first effects processor; it will be 
surrounded by an orange outline.

•	 Adjust rotary encoder #1 and rotary encoder #2, selecting your desired bus 
as the source for both the left and right inputs of the first effect processor.  
By default, FX 1 is sourced from Bus 13. 

•	 Adjust rotary encoder #5 to select a specific effect processor, 
such as  “Ambience”.

•	 Select the fader bank button labeled “RTN” on the left side of the console. 
Bring the faders labeled FX1L and FX1R up to 0 dB in case they are not set to 
this value by default. In the initial setup, these returns are stereo linked and 
automatically send to the main LR bus, but it is also possible to send them to 
the other buses as well. For this, press the HOME button next to the screen 
while  the return is selected, then go to the SENDS tab with the PAGE SELECT 
right button and adjust the send levels for the return to the other buses, 
or use the dedicated BUS SENDS controls.

•	 Back on the EFFECTS page, press the PAGE SELECT right button to switch the 
screen to the editor for the Ambience processor. The screen will switch to an 
editor page for the first processor. Adjust the rotary encoders to tailor the 
effect to your liking.

•	 To apply the effect to assorted input channels, select an input channel, 
then adjust its “Bus Send 13” knob to taste. As the bus send level is 
increased, more of the channel signal will be sent to the Ambience 
effect. Repeat this process with other channels you wish to send to the 
Ambience processor.

To apply an “insert” style effect:

•	 Press the “EFFECTS” menu button. 

•	 As the effects on the left side are also able to handle complex send effects 
like reverb, the slots on the right side shall be used for insert effects like 
limiter, graphic EQ, etc. You can  also use insert effects on the left side, 
but this will limit your use of reverbs and other processor-intensive effects.

•	 Adjust rotary encoder #6 to highlight one of the effects processors on the 
right side; it will be surrounded by an orange outline.  

•	 Adjust rotary encoder #1 and rotary encoder #2, selecting “Insert” as the 
source for both the left and right inputs of the effect processor. 

•	 Adjust rotary encoder #5 to select a specific effect processor, such as 
“precision limiter”.

•	 Select the specific input or output channel you wish to use the inserted 
effect on.

•	 Press the HOME button, then the PAGE SELECT right button to navigate to the 
selected channel’s “Config” screen.

•	 Adjust rotary control #6 to select the specific processor you have applied the 
effect to, in this case “Ins FX 5L”. Press the encoder to connect the selected 
insert effect.

•	 The Precision Limiter is now applied as an insert on the selected channel. 
Sending more than one channel through the same insert effect is, of course, 
prohibited. There will be a warning when you try to insert an effect slot that 
has already been used as an insert on any other channel. Both sides of a dual 
type effect can be used as inserts on different channels or buses.

5.5  How do I use an outboard 
effects processor?
In some situations, you may wish to use a loop-style effect provided by an 
external effect processor, as opposed to using one of the eight built-in processors. 
To do so:

•	 Press the ROUTE button, page right to the “Aux Out” screen, and adjust the 
first and fourth encoders to tie a rear panel ¼" aux out, such as Aux Out 1, 
to an available mix bus, such as Mix Bus 2. 

•	 Patch rear panel Aux Output 1 to the input of your external effects processor.

•	 Patch the output of the external effects processor to rear panel Aux Input 1.

•	 Select the “Aux In/FX/USB” layer, select the “Aux 1” channel, and make sure 
the stereo button is lit so that the Aux 1 return signal is assigned to the main 
LR bus.

•	 Move the Aux 1 channel fader to 0 dB.

•	 Adjust the settings on the external effects processor to taste.

5.6  How do I set up live stage monitoring?
Setting up a live stage monitor mix using conventional monitors:

1. Press the ROUTE button and page right to the Analog Out page. 

2. Adjust the first encoder to select a rear panel analog output (e.g. Output 1), 
then adjust the fourth encoder to select a mix bus (e.g. Mix Bus 1). When the 
source and destination have been selected, press the 4th encoder  to 
complete the assignment. 

3. Adjust the 5th encoder to set up the monitor send as pre-fader, or pre/post 
EQ. This will prevent the monitor mix from changing when the front-of-
house mix is adjusted.

4. Connect a cable from rear panel analog Out 1 to the input of:

a) A powered stage monitor

b) An external amplifier feeding a passive stage monitor

c) A transmitter for a set of wireless in-ear monitors

5. On the bank of output faders on the right hand side of the console, select the 
monitor bus (1-8, 9-16) (in this case Bus 1) and adjust the fader  to 0 dB 
initially. You can change the overall output level on this bus anytime later, 
of course.

6. To adjust the mix sent to the monitor, select an input channel, then adjust 
its “Bus Send 1” knob. Repeat for the other input channels to complete the 
monitor mix.

The monitor mix can also be adjusted using the X32’s “Sends on Faders” function:

1. On the bank of output faders on the right hand side of the console, 
select the monitor bus (1-8, 9-16) that feeds the talent’s stage monitor 
(in this case Bus 1).

2. Press the “Sends on Faders” button. You will see the button illuminate. 
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3. Select one of the three input channel layers (CH1-16, CH17-32, 
Line-Aux/FX Ret)

4. Adjust the 32 channels of input faders on the left side of the console. 
They now act as “virtual aux send knobs” for the Mix Bus 1 feeding the 
stage monitor, allowing you to quickly adjust the overall monitor mix using 
the faders.

Setting up a live stage monitor mix using the S16 Digital Stage Box:

1. Connect the S16 stage box to AES50 port A on the rear panel of the console 
using a standard Cat 5 Ethernet cable.

2. On the stage, connect a cable from Output 1 of the S16 stagebox to the input 
of the stage monitor.

3. Press the ROUTE button and page right to the AES50 A page.

4. Adjust the first encoder to select “Out 1-8” for the first 8 outputs of the 
AES50 A bus, then press the encoder to make the connection. 

5. Analog Outputs 1-8 on the X32 are now routed to the first 8 outputs of the 
AES50 A connector, which in turn feeds the 8 analog outputs of the S16 stage 
box connected to the AES50 A connector. 

6. Adjust the monitor mix that feeds Mix Bus 1, as described above.

Setting up a live stage monitor mix using the P16 Ultranet Bus:

1. Connect an Ultranet personal monitor mixer (or P16 distribution amplifier) 
to either the P16 connector on the rear panel of the X32, or to the P16 
connector on an S16 stage box that is connected to the X32 console.

2. Press the ROUTE button and page right to the P16 page.

3. Adjust the first and fourth encoders to pair specific audio slots on the P16 bus 
with direct outs of various console channels, pressing the fourth encoder to 
complete each connection.

4. Any personal mixer connected to the P16 bus will now receive up to 16 
individual audio channels, allowing its user to craft their own unique 
monitor mix.

5. When using the P16 connector on an S16 connected to AES50 port A, 
press the ROUTE button and page right to the AES50 A page, then adjust 
the fifth encoder to select ‘P16 1-8’, then press the encoder. Adjust the sixth 
encoder to select ‘P16 9-16’, then press the encoder. Note: The P16 signals on 
the S16 are sourced from AES50 channels 33-48.

Communicating with talent on stage:

1. Press the “view” button in the Talkback section.

2. Adjust the fourth encoder to set the destination of the talkback microphone, 
pressing the encoder to set the connections. The talkback mic can be routed 
to any of the individual mix buses that are feeding a monitor system.

3. Adjust the third encoder to set the volume of the talkback mic.

4. Press the second encoder to choose between the onboard talkback mic and 
an external one connected to the top panel.

5. Press the talkback A button to activate the talkback microphone to 
communicate with the stage talent. The talkback button can be set to 
latching or non-latching using the push action of the 5th encoder.

5.7  Everything you ought to know about Solo 
and monitor sources
The X32 console allows you to monitor audio sources on a set of headphones or 
monitor speakers when operating the console from a front-of-house position.

1. Connect a set of headphones to the ¼" phones jacks located in either of the 
console’s side panels.

2. Alternatively, connect a set of monitors to the XLR or ¼" monitor outs on the 
rear panel.

3. Press the  “view” button in the monitor section.

4. Adjust the 6th encoder to select the audio source for the monitor bus, 
for example LR PFL (LR Pre-Fader Listen). This will output the main LR 
pre-fader signal to the monitors when no Solo button is selected on any of 
the channels or buses.

5. Adjust the first encoder to set the level of the monitor signal. 
Then, adjust the level of the connected headphones and/or monitor 
using their respective level controls on the X32 top panel. 

6. Press the Solo button on any input or output channel to send that channel’s 
audio to the solo bus. This operation will not affect the mix that the audience 
is hearing, nor the monitor mix heard by the talent. Input channels take 
priority over DCAs, DCAs take priority over buses, and buses take priority 
over main LRC/mono. 

7. Press the “Clear Solo” button above the master faders to quickly clear the 
solo status of any and all channels. This is particularly useful when solo is 
active on a channel that is not present on the current input layer and you 
wish to quickly clear its solo status. 

8. When monitoring a stereo signal, press the top panel “Mono” button to 
listen to the monitor bus in mono. Press the “Dim” button to listen to the 
monitor signal at a lower level.

The solo bus also has various preferences that can be set using the second 
encoder, allowing you tailor its operation to your specific working style. 
Examples include:

1. Use “Exclusive” if you want the act of pressing another solo button to 
automatically disengage the previous solo. This is useful if you know you 
will never want to solo more than one channel of material at the same time. 
In this mode you can press several Solo buttons at the same time to solo the 
corresponding channels together.

2. Use “Solo Follows Select” if you want the solo selection to automatically 
follow any channel that you have selected. This allows you to quickly hear 
the audio of that channel in your headphones when you select it to adjust 
EQ, compression, etc. Remember that you need to solo a channel first before 
this function is active.

3. Use “Select Follows Solo”  when you want the reverse to occur: Any channel 
that is soloed will automatically become the currently selected channel, 
allowing you quickly make adjustments for any channel you have soloed.

4. Use the “Channel Solo AFL” to listen to the channel signal after the fader and 
stereo PAN.

5. Use “Mix Bus Solo AFL” to listen to the mix bus signal after the fader and 
stereo PAN.

6. Use “DCA Group AFL” if you want to put the contents of a soloed DCA group into 
after-fader listen mode when the solo button is pressed on a DCA channel.

7. “Use Master Fader” option lets you adjust the solo signal on the monitor/
headphones with the Master fader on the console. Note: The master output 
level cannot be changed in this mode. This mode has primarily been 
designed for using the X32 as a pure monitor console where the main bus is 
not used for your PA system.
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5.8  Using Mute Groups
The X32 has 6 separate “mute groups”. Individual channels can be assigned 
to these mute groups, allowing you to mute multiple channels with a single 
button push.

This is particularly useful in theater contexts, where groups of microphones 
(such as the ones belonging to a group of background performers) may need 
to be muted and unmuted often. By assigning them to a mute group, you can 
quickly mute/unmute a large group of channels, which is much faster than 
muting/unmuting each channel one by one. 

1. Press the MUTE GRP button.

2. While holding the desired Group button (located on top panel’s lower 
right-hand corner), press the SELECT keys for any channels you wish to 
assign to that mute group.

3. When you are done assigning channels to the mute group, press the MUTE 
GRP button next to the display again. The channel SELECT buttons will now 
work normally again.

4. Press the corresponding mute group button, on the console top panel to 
mute that specific mute group and all channels belonging to it. 

5.9  Mix Buses, Sub Groups and DCA Groups
On a live sound console such as the X32, channels can be combined into a single 
output channel in two ways.

A “Bus” is a combined collection of channel signals where each channel feeding 
the bus can be done so with a variable level. One typical use of a bus would be 
an effects loop (where for example, different channels feeding the bus and the 
reverb effect associated with it, do so at different levels, so that a snare drum 
has a small amount of reverb applied while a lead vocal has a large amount of 
reverb). Another use of a bus would be to feed a stage monitor. By feeding the 
monitor mix with a bus, different channels can feed the monitor bus at differing 
levels, allowing creation of a custom monitor mix that is “just right” for the talent 
on stage.

A “Group” is similar to a Bus, except that all channels feeding the group do so at 
a ”unity gain” level, with their respective levels the same as their levels feeding 
the main mix bus. Thus, a group is best used to control the levels of a group of 
signals using a single fader, such as controlling the level of an entire group of 
drum microphones.  

To quickly divide up which of the 16 mix buses are configured as regular buses, 
and which are configured as groups, press the SETUP button and page right to the 
CONFIG page. Adjust the fifth encoder to select between different combinations 
of buses and groups for the 16 mix outputs of the console. This setting can later 
be changed individually for each of the 16 mix buses either on the SETUP page 
of the corresponding mix bus or individually per channel on the SEND page of 
the selected channel. You can feed the signal of any mix bus either directly to 
the main bus or back to any input channel if you want to apply loop type effects 
or send to a monitor mix. All mix buses are available as SOURCE on a channel’s 
CONFIG page.

Lastly, the X32 offers a “DCA Group”. This is similar to a normal group, except 
that the signals of the underlying channels are not actually combined into a 
single audio path. Instead, channels are assigned to a DCA group (short for 
“Digitally Controlled Amplifier” ) and when a single fader representing the 
DCA group is moved, it has the effect of adjusting the level of all the underlying 
channels assigned to that DCA group.

DCA groups are useful in situations where you have a collection of similar 
signals, and you want to be able to quickly adjust their overall level, but also 
easily adjust the individual levels of the individual channels assigned to the DCA 
group. For example, say you have a concert that employs 4 separate background 
vocalists. By assigning them all to DCA group 1, you can adjust their overall level 

as desired in the FOH mix by adjusting DCA fader 1. However, if you then notice 
that background vocalist #3 is a little too soft in the “blend” of background 
vocals, you can adjust the level fader on their specific channel. 

To create a DCA group on the X32 console:

1. Press the GROUP DCA 1-8 button on the output fader layer.

2. Hold the respective DCA Group Select button on the right-hand side of 
the console.

3. While still holding down the DCA Group Select button, press the SELECT 
buttons for all the input channels, aux channels, fx return channels, and bus 
masters that you wish to assign to said DCA Group. Those channels are now 
assigned to the DCA group.

4. You can also press the DCA Group Select button in order to check which 
channels are already assigned to it; the assigned channel SELECT buttons will 
light up.

5. To adjust the level of a DCA group, simply adjust its respective fader.

DCA groups can also have custom names, colors, and icons assigned to them 
to help you remember what groups of signals are assigned to each of the 
8 DCA groups. 

1. Press the SETUP button, then page right to the DCA GROUPS page.

2. Adjust the first encoder to select the DCA group you wish to customize, 
then press the encoder to edit.

3. On the editing pop-up window that appears, use the various encoders to 
select a color, icon, and preset or custom name for the selected DCA.

4. Press the sixth encoder to exit the editing screen.

By contrast, conventional “groups” are useful when you have a group of signals 
that you wish to combine into a single signal, perhaps to send that combined 
signal to a single effect processor. For example, a common method for making 
drums sound punchy and aggressive in a rock and roll mix would be to combine 
all of the drum channels to a single stereo group, then process that group signal 
through a compressor, and then finally bring the mono or stereo compressed 
drum group back into the mix. This approach would not be possible with a DCA 
group, because the DCA is not actually combining the audio signals, it is merely 
linking the levels of all of the underlying channels digitally. 

5.10  User Assignable control section
The X32’s assignable controls section lets you take the adjustments you make 
most often, and assign them to a group of dedicated controls that are assigned to 
just those functions, and nothing else. The assignable controls offer 8 buttons 
and 4 knobs, with dedicated LCD screens to remind you of the currently 
assigned function. 

For example, you could program one of the knobs to control the aux send on the 
vocal channel feeding an internal reverb effect. Then, if you ever want to make 
the vocalist sound more “wet” or “dry” during different songs in a set, you can 
simply reach for that knob and it will always provide a quick and convenient place 
to make that adjustment. 

Additionally, the assignable controls are divided into “A”, “B”, and “C” groups, 
so you can actually program in 3 different sets of controls, offering a total of 
36 different functions.

Setting up the assignable controls is easy:

1. Press the “view” button in the assignable controls section. The main screen 
will switch to a view that lets you make assignments for the custom controls.

2. The main screen will show assignments for all 3 sets of custom controls 
(A, B, and C) on one page. Rotate any of the first five encoders to move the 
orange “focus” box to the specific set of custom controls you wish to assign. 
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3. Press any of encoders 1-5 to switch to the edit screen for the specific custom 
control that you have highlighted. The main screen will switch to an editing 
screen where you can assign a console parameter to the custom control.

4. Adjust the various encoders on the editing screen to make a custom control 
assignment, then press the encoders to make the actual assignment you 
have selected.

5. When you are finished, you will see that the LCD screen located in the 
custom controls section reflects the assignment you have made in both 
screen color and text.

6. You are now free to use and enjoy the custom assignments you have made.

5.11  How do I share signals over 
AES50 Supermac network?  
In many live sound situations, a single mixing console is used to cover both the 
front of house (FOH) mix that the audience hears, as well as all the individual 
“monitor mixes” that are sent to stage wedges or transmitters for in-ear 
monitor systems. 

However, in larger live sound situations, it is common to operate two separate 
consoles, one that covers the FOH mix, and a second, completely independent 
console that covers just the monitor mixes that are sent to the talent. This makes 
a lot of sense, because the FOH engineer can concentrate 100% on the audience 
mix, while a completely different monitor engineer can dedicate himself to the 
thankless task of crafting great monitor mixes for the different musicians.

With an analog console, operating separate FOH and monitor consoles can be 
quite expensive, because the original stage microphone signals have to all be 
“split” into two copies, using an expensive multi-channel microphone splitter. 
The splitters ends one set of mic signals to the FOH console and the other set to 
the monitor console. Microphone splitters are a specialized piece of equipment 
and ones that work reliably and sound good are very expensive.  

The X32 family of products, however, makes using separate FOH and monitor 
consoles easy and affordable. This is due to the fact that the microphone 
signals, once digitized, can be easily duplicated and sent to multiple locations, 
using a single off-the-shelf Cat-5 Ethernet cable. Now, an expensive and bulky 
microphone splitter can be replaced by a couple of low-cost S16 digital stage 
boxes, and running separate FOH and monitor consoles is within reach of even 
the most modest production.

This is an example for using 2 consoles and 2 stage boxes (possible are up 
to 3 per AES50 port) in a monitor/FOH setup:

1. Connect the AES50 A port on the first S16 to the AES50 A port on the X32 
on-stage console via Cat-5.

2. Connect the AES50 B port on the first S16 unit to the AES50 A port on the 
second S16 via Cat-5. 

3. Connect the AES50 A port of the FOH X32 unit to the AES50 B port of the 
on-stage X32 via Cat-5. 

4. Now the configuration of the monitor console has to be set. Keep in mind 
that in this configuration, the on-stage console will be the one controlling 
the input gains of the mic preamps, so a good and intensive soundcheck 
should be done.

5. Press the ROUTING switch next to the display on the on-stage console. 
On the HOME tab select “AES50 A 1-8” as source for “Inputs 1-8”, 
“AES50 A 9-16” for “Input 9-16”, and accordingly for channels 17-32. 

6. To route the channels through the on-stage console to the FOH console, 
switch to the AES50 B page and set “Output 1-8” to “AES50 A 1-8”,  
“Output 9-16” to “AES50 A 9-16”, etc.

7. On the FOH X32 console, press the ROUTING switch next to the display. 
On the HOME tab select “AES50 A 1-8” as source for “Inputs 1-8”, 
“AES50 A 9-16” for “Input 9-16”, and accordingly for channels 17-32. 

8. To get the main out from the FOH back to one of the stage boxes to feed 
the PA, the main outs of the console which are routed per default to OUT 15 
and OUT 16 have to be routed through the on-stage X32 console. To achieve 
this, select the AES50 A tab and set Out 1-8 to “OUT 9-16”. On the on-stage 
console, choose the AES50 A tab and set Output 1-8 to ”AES50 B 1-8”. 
The Main Outputs of the FOH console are now available on the first S16 on 
OUT 7 and OUT 8 to connect your main PA system. 

9. Ready to rock!

5.12  What kinds of Utilities are available?
The X32 console provides various utilities that make the console much easier 
and more fun to use, while providing a great deal of flexibility and power. 
Examples Include:

Channel Customization: Various input and output channels can have custom 
colors, names, and icons assigned to them, which are then shown in the color 
LCD screens located on each channel strip. Using these functions, you will always 
know exactly what source and destination is tied to the channel, with no need 
for board tape and sharpie pens. For example, an input channel could be labeled 
“kick drum” while the channel for a mix output could be labeled “Joey’s monitor”. 

•	 Press the SELECT button for a channel you wish to assign a custom label, 
icon, and color for. 

•	 Press the home key, then page right to the CONFIG page. You can also press 
the VIEW button next to the LOW CUT pot to go to the CONFIG page.

•	 Press the UTILITIES button.

•	 Adjust the various encoders to select a color, icon, and type in a name for the 
selected channel. The X32 also provides a long list of preset names for typical 
input sources and output destinations, saving time and effort.

Copy/Paste: The X32 also provides a “copy and paste” function that allows you 
to take settings you have configured for one channel, and copy those settings to 
another channel.

•	 Press the SELECT button for a channel whose settings you wish to copy.

•	 Press the HOME button, then the UTILITY button. 

•	 Press the 5th encoder to copy all settings of the selected channel into the 
copy buffer.

•	 Press the SELECT button for a channel who you wish to paste the settings into. 

•	 Adjust the first encoder to select which aspects of the channel you wish to 
copy from the source channel (i.e. the one in the paste buffer).

•	 Press the 6th encoder to “paste” the copied settings into the currently 
selected channel.

Store / Load Presets: The X32 allows you to save and load presets of channel 
settings, as well as settings made in the internal effects processor. These stored 
settings can later be recalled as needed. Since the stored files can also be stored 
and recalled to an attached USB drive, this means that you can save your favorite 
channel settings and effects on one console, and then quickly and easily recall 
and use them on a completely different X32 console. 

•	 Press the SELECT button for a channel whose settings you wish to store.

•	 Press the HOME button, then the UTILITY button.

•	 Press the 3rd encoder to store all settings of the selected channel. A new 
screen will appear where you can apply a custom name to the saved preset. 
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•	 To load a preset from the UTILITIES screen, adjust the first encoder to select 
which aspects of the selected channel you wish to recall, then press the 2nd 
encoder. A confirmation screen will pop-up, asking you to confirm you wish 
to load a preset to the currently selected channel. Use the page left/right 
buttons to confirm or cancel. 

•	 Press the LIBRARY button to go straight to the “libraries” screen, where you 
can scroll through a list of stored preset libraries. 

•	 Use the 5th and 6th encoders to import/export presets to/from an attached 
USB drive.

5.13  How do I set up a Matrix for a delay 
column/tower or a remote zone mix?
The X32 console offers 6 separate “Matrix” outputs that allow an extra level 
of functionality when routing any of the 16 mix buses out of the console. 
These Matrix outputs are particularly useful when working with separate “zones” 
of speakers, such as a delayed group of speakers in an alternate location.

1. Press the SELECT button for a mix bus you wish to assign to a matrix output.

2. Page right to the SENDS page, where you can adjust the 6 encoders to 
send the selected mix bus to the 6 matrix outputs, at the desired levels. 
Alternatively use the controls in the BUS SENDS section.

3. When sending a group of mix outputs into a matrix send, you may wish 
to adjust where in the signal path the insert point for a mix output occurs, 
and also re-configure the order that the mix output’s EQ and compressor 
occurs. To adjust these setting, press the SELECT button for the desired mix 
output, and on the HOME screen that appears, use the 3rd and 4th encoder 
to adjust these settings. 

4. Press the MATRIX button on the console, then press the SELECT button on 
the first output fader. The main screen will display settings for the matrix 
1 output allowing you to do all your EQ and dynamics settings for this bus. 

In general, time alignment is very important in larger venues, because when 
groups of speakers are placed at varying distances to the audience, the sound 
from them arrives at the listener’s ears at different times. By applying a digital 
delay to the speakers that are CLOSER to the listeners, it has the result of delaying 
the sound to align it, in time, with the sound from further speakers whose 
signal take longer to reach the listener. By performing this “time-alignment”, 
the live sound mix from the different speakers are presented as a more clear and 
cohesive audio signal, without the comb-filtering or flanging sound you might 
otherwise experience.

5. To attach an output to the matrix you have set up, press the ROUTING 
button, then page right to the ANALOG OUT page, then use the 1st and 4th 
encoders to assign the matrix output to your rear-panel analog output of 
choice. Adjust the amount of delay if necessary with the 6th encoder for each 
output individually. 

6. In some situations, you may wish to create a matrix mix that is actually a 
mix of some output buses and the main LR output. To do so, simply press 
the SELECT button above the master fader, then press the HOME button, 
then page right to the SENDS page. On the SENDS page you can tap the signal 
from the main LR bus and send it to the 6 matrix outputs, the same way you 
have with any of the 16 mix outputs. 

5.14  Using the X32 in recording and 
production studio environments
While the X32 is primarily targeted at a live sound environment, it also can work 
as an extremely full-featured and powerful studio console as well.

•	 The console contains extremely clean and detailed microphone preamps, 
allowing you to capture up to 32 separate microphones for recording even a 
very large ensemble.

•	 High-end analog to digital converters for each channel preserve the audio 
quality as it is recorded to assorted DAW software.

•	 With the X32’s built-in XUF card, individual channels of audio can be sent, 
in the digital domain, to a studio DAW computer, using USB 2.0 and/or 
Firewire. With this card, the X32 becomes the “world’s biggest computer 
audio interface” allowing up to 32 channels of microphones to be sent into 
the DAW software, while at the same time allowing up to 32 individual 
channels of DAW tracks to return back to the console for mixing “out of 
the box”. 

•	 With the X32’s full recall of all preamp and monitor settings, the console 
makes a great solution for the modern home and project studio, where 
multiple projects are worked on in “stages” and previous settings need to 
be quickly and easily recalled. For example, if a band returns the following 
week to pick up where they left off, a single “load project” command can 
return the console to exactly where it left off, in terms of mic gain settings 
for the different instruments, as well as various different monitor mixes for 
the different performers.

•	 With its onboard MIDI ports, the X32 console can work as a large-format 
control surface for many popular DAW platforms. The X32’s motorized faders 
can control the onscreen DAW faders, while each channel’s mute and solo 
buttons can control their onscreen counterparts. This makes it possible 
to quickly work with the finer nuances of a DAW mix, much better than 
adjusting channel levels one at a time with the mouse. 

•	 Since the X32 console works with the affordable S16 digital stagebox, 
the combined system makes a great solution for routing audio signals 
between a separate studio and control room. The S16 and various Ultranet 
personal monitor mixers can be set up in the studio, while the console 
itself is set up in the  control room. A single Cat-5 Ethernet cable is all that 
is needed to connect the 16-32 channels of audio from 1-2 S16 boxes and 
all of the Ultranet mixers, a much better alternative than a thick, noisy, 
and expensive analog snake. In more modern homes and apartments 
that have Cat-5 cabling running through the walls as part of a pre-built 
“structured wiring” package, the S16/Ultranet mixers and X32 console can 
even be set up in different rooms, with no need to run a long cable or leave 
any doors partially open!
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5.15  Remote control
The X32 hosts an Ethernet port on its rear panel which can be used to connect 
and remote control it over a network via the XiControl on an iPad or the X-remote 
application on a PC. To be able to do this the X32 has to be set up properly. 

•	 Press the SETUP button next to the screen.

•	 Go to the Network tab.

•	 Use encoder 1 to choose between IP address, Subnet mask and Gateway. 
Adjust the address fields with the encoders 2-5 and assign the selected 
numbers with encoder #6.

•	 Set an IP address which fits your network, normally 192.168.0.X.  
The IP address should be free within the network.

•	 Set your subnet mask according to your network, 
normally 255.255.255.0

•	 Set your gateway, if required.

Now get your iPad or remote PC into the same network and open the X-Remote.

PC:

•	 On the X-remote, choose setup on the right side and the network tab. 
Enter the IP address of the X32 in the network and press connect. 

•	 If the software has connected to the X32 you can also synchronize them 
in 2 directions. Console -> PC means all settings in the X32 will be 
loaded into the X-Remote. PC -> Console means that all settings in the 
X-Remote will be written to the console.

XiControl:

•	 For the XiControl remote, open the program on your iPad (make sure the 
iPad is connected to the same network as the console).

•	 On the startup screen, a popup should appear. Enter the IP of the 
console, press “Go Online”, et voilà: you are connected and can control 
the X32 with your iPad. 

5.16  Recording a 2-track directly with 
the console
The X32 offers the possibility to record a 2-track of your mix (or any other 
selection of signals) directly onto a USB-stick/external USB hard disk:

•	 Plug a FAT-formatted (FAT12, FAT16, FAT32) USB stick into the USB port 
next to the main display.

•	 Press the VIEW button next to the USB port and the home screen of the 
recorder will show up with a nice emulation of an old tape deck.

•	 On the config tab you can select the source for the recording, default is 
main L and R.

•	 Press RECORD (encoder #5) to record your mix.

•	 To adjust the volume during playback, press the AUX IN / USB FX RETURN 
button next to the fader section and adjust the volume with the AUX 
7/8 faders.

Remarks:

Due to the FAT format of the stick, the file size will be limited to 2 GB, which is 
about 3 hours of stereo recording. Please test the recording capability of your USB 
device before you do the “real stuff” as some sticks may not be supported or be 
too slow. We also recommend you defragment your USB device prior to recording. 
The recording will be done as 16-bit WAV file with the selected sample frequency 
of the console. 

Please also note that it is possible that the specifications of USB storage devices 
may be changed by the manufacturer without any change in physical appearance 
or notification. 

5.17  Saving and recalling scenes
Follow the steps below to save and recall scenes in the console, allowing different 
configurations to be recalled at a later time.

•	 Adjust all settings of the console so that all elements of the mix are 
as desired.

•	 Press the “view” button located in the top panel’s “Scenes” section. The Main 
Display will show various controls for saving and recalling console scenes.

•	 Press the rotary control labeled “save” to save the console’s current 
configuration to the next available empty scene and label it with a 
custom name.

•	 Adjust the console to the next desired configuration, and repeat the process 
above as needed, saving additional scenes to additional empty slots.

•	 To recall a scene, use the “prev” and “next” buttons, located in the top 
panel’s Scenes section, to navigate the scene list to the desired scene on the 
Main Display.

•	 When the desired scene is highlighted in the scenes list on the Main Display, 
press the red “GO” button and the console will switch to the highlighted 
scene. All console parameters will switch to the state they were in when 
saved to the scene that was just recalled.
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6.  XUF FireWire400/ 
USB Interface Operation Guide
Host system requirements for XUF FireWire/USB 
interface expansion card

Check the BEHRINGER website at behringer.com for updates of XUF firmware 
or system requirements. Please find the recommended hardware/software 
minimum configurations in the specifications section.

The BEHRINGER XUF High-Performance 32-Channel 
24-Bit FireWire/USB Audio Interface

The XUF card provides 32 channel, bi-directional audio I/O via FireWire 400 and 
USB 2.0 to Mac or Windows PC. The simultaneous 32-in, 32-out audio channels 
enable extremely powerful studio and live applications. You can run virtual live 
sound checks or 32-track high-quality studio recordings, while at the same time 
remote operating your DAW via HUI/MackieControl emulation. The high speed 
24-bit signal transmission and ultra-low latency ASIO drivers and CoreAudio 
compatibility even allow inserting audio plugins on your PC to perform advanced 
outboard processing.

6.1  Configuring the XUF card for use in 
the console
The console will automatically detect the XUF card during the regular boot cycle, 
and it will display the card’s presence in several instances. 

The green square in front of “C: XUF” indicates that the card is installed and 
working properly.

FireWire/USB

After the console has fully booted up, you can access the Setup/Card screen to 
view the current channel count configuration. Use this screen to determine 
whether the FireWire or the USB interface is to be used, and if the maximum 
channel count is set appropriately. 
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This mode obviously allows the full potential of the interface to be tapped. 
Note that the computer needs to be able to handle that amount of concurrent I/O 
stream without any glitches. Depending on its speed and memory configuration, 
some optimization for audio recording might be required.

It is also possible to run a virtual sound check of all 32 input channels by recording 
them directly to a computer during a brief line check. The performers can leave 
the stage while you play back the recorded instruments from the hard drive and 
tweak the sound accordingly.

32 in / 32 out 

STANDARD MODE: When console channel inputs are set to Card, 
channel Gain control will be a digital trim for the interface card signal only, 
without access to any head amp. Please consider this if you intend to pass all 
signals through a connected PC for plug-in processing. A compromise can be to 
run only 24 channels (3 blocks of 8) through the PC via XUF and use the remaining 
block of 8 channels to access the head amps.

The Card outputs may use any of the available sources in the console 
(local or AES50) for recording independently.
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16 in / 16 out

32 in / 8 out

This mode is tailored to suit a typical studio and overdub recording situation, 
with many input channels but only a few output channels for monitoring of 
previously recorded takes.

8 in / 32 out

This is a useful mode for utilizing the excellent audio engine and effects 
processing of the console during final mixdown of your project. All 32 tracks 
would be fed from your DAW into the console where all the magic happens. 
Then only 2-8 tracks of the complete mixdown would be sent back to the DAW.

If you don’t actually need more than 16 concurrent input and output tracks to 
be exchanged between the console and your PC, then this mode might be more 
appropriate for you. First, it will slow the required bandwidth on the interface 
down.  Second, there will be no excessive I/O tracks in your DAW configuration 
that might clutter your setup. Third, it allows you to run a fully-featured 
zero-latency overdub setup, which would be impossible if signals were run 

through the computer. In this case, the 16 input signals are put on channels 
1-16, while the tape (card) returns are put on channels 17-32. The monitoring is 
directly fed from Ch1-16 as usual, including all processing and effects. It remains 
independent from any computer audio latency, even though you can hear back all 
the recorded tracks without any repatching. 
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6.2  Configuring the PC to Interface 
with the XUF Card
Please watch behringer.com  for further advice on the software configuration of 
XUF interface card. 

WINDOWS:   There is an ASIO high-performance driver available for 
download, which is essential for low-latency audio on 
Windows computers.

MACOS:  The XUF is CoreAudio compatible and thus works with 
low-latency on Mac computers without any additional 
driver installation.

Windows ASIO Driver 

Download the X32 ASIO driver installer files from behringer.com. There is one 
zip archive for USB and one for FireWire driver installation. Unpack the one you 
intend to use, or both, on your local hard drive. Double-click on Setup.exe in the 
corresponding unpacked folder and follow the instructions on the screen. 

Driver Control Panels

Once the driver is installed, you can open the control panel by double-clicking on 
the small tray icon. These screens will allow configuring the XUF expansion card 
in the X32 as an audio interface for your computer.

The 'Devices' screen displays the card name and serial number. You can rename 
the card if necessary. 

The 'Input Channels' screen allows you to name each input channel for more 
organized mixing. 
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The 'Output Channels' screen allows you to name each output channel for more 
organized mixing. 

The 'Synchronisation' screen allows manual selection of the sample rate and 
clock source. 



38 X32 DIGITAL MIXER Preliminary User Manual

The 'Settings' screen allows the stream, ASIO, and WDM sound buffers to be set. 
Any detected drop outs will be documented as well, in which case a larger buffer 
should be selected. 

6.3  XUF Specifications

* depends on system performance and application

Expansion Card Features: 

Interface MIDI Audio input channels 
24-Bit, 44.1/48 kHz

Audio output channels 
24-Bit, 44.1/48 kHz

IEEE1394/FireWire 1 in x 1 out 32, 16 or 8 32, 16 or 8

HighSpeed USB 2.0 1 in x 1 out 32, 16 or 8 32, 16 or 8

DAW remote control Generic, HUI and Mackie Control emulation (via USB or FireWire)

Expansion Card Performance Modes (Channels): 
Interface Minimum round-trip latency
IEEE1394/FireWire <7 ms*

HighSpeed USB 2.0 <12 ms*

Recommended Minimum Hardware: 

Windows PC - Core 2 Duo CPU, 2 GHz

  - USB 2.0 or IEEE1394 FireWire 400 port

  - 1 GB RAM

Mac - 1.5 GHz CPU

  - USB 2.0 or IEEE1394 FireWire 400 port

  - 512 MB RAM

Recommended Operating Systems: 

Windows:  XP 32-Bit SP2 or higher, Win7 32-bit, Win7 64-bit 
(XUF ASIO drivers supplied)

MacOSX: 10.5 Leopard, 10.6 Snow Leopard,  
  10.7 Lion (CoreAudio compatible)

TIP: When using XUF under Mac OS and FireWire, the CoreAudio engine might 
not always display the XUF as a MIDI interface automatically.  In case you wish to 
use the DAW remote control feature via FireWire, we recommend doing a manual 
scan from the AUDIO/MIDI Setup dialog.
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7.  X32 Main Display
7.1  Overview

7.1.1  Display and Navigation Controls

The controls in this section are used in conjunction with the color screen, in order 
to navigate and control the graphical elements it contains. 

By including dedicated rotary controllers that correspond to adjacent controls on 
the screen, as well as including cursor buttons, the user can quickly navigate and 
control all of the color screen’s elements. 

Color Screen: This color screen contains various displays that give visual 
feedback for the operation of the console, and also allow the user to make various 
adjustments not provided for by the dedicated hardware controls. 

Rotary Encoders: These six rotary encoders are used to adjust various color 
screen elements located directly above them. Each of the six rotary encoders 
can be pushed inward to activate a button press function. This function is useful 
when controlling color screen elements that have a dual “on/off” type state that 
is best controlled by a button, as opposed to a variable state that is best adjusted 
by a rotary control.

Screen selection buttons: These 8 illuminated buttons allow the user to 
immediately navigate to any of 8 master screens that address different sections 
of the console. The 8 sections that can be navigated to with these buttons are:

1. Home

2. Meters

3. Routing

4. Setup

5. Library

6. Effects

7. Mute Group

8. Utility

Page Select Buttons: These two buttons allow for left-right navigation among 
the different “pages” contained within a screen set. A graphical tab display shows 
which page you are currently on.

Layer Up/Down Buttons: On some screens, there are more parameters present 
than can be adjusted by the 6 encoders underneath. In these cases, use the layer 
up/down buttons to navigate through any additional layers contained on the 
screen page. 

L/R Meter:  This dual 24-segment meter displays the audio signal level output 
from the main bus of the console. 

M/C SOLO Meter: This dual 24-segment meter displays the audio signal level 
output from the mono bus of the console. When one or more channels are 
currently soloed, the meter switches to displaying the level of the currently 
soloed signal(s).

7.1.2  Console Screens

The color screen of the X32 offers a wealth of visual feedback and hands 
on control for the console. Whereas the dedicated top panel controls offer 
immediate hands-on adjustments for the most important operations of a 
channel, the color screens offer similarly immediate visual feedback for a selected 
channel, as well as more global areas of the console. 

The screens are divided into three main areas:

1. Global Screen Elements

2. Main Display

3. Rotary Encoder Elements
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Main Content
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The main content of the screen is displayed in the middle of the screen and is 
divided up into different sections of information, depending on the specific 
screen being shown at any given time. 

Information shown in the main content portion of the screen consists of 
two types:

1. Display-only content: This type of content is a visual indication only and 
cannot be adjusted by the user. An example would be the graphical response 
curve of an equalizer or the response graph of a compressor.

2. Adjustable content: Content that displays an adjustable parameter, 
controlled by a dedicated top-panel control. For example, the “home” tab of 
the “home” screen displays a knob graphic for input gain (trim). This control 
is adjustable by turning the dedicated “gain” control on the top panel of the 
console, in the Channel Strip section of the top panel. 

The most important information for any screen category will be located on it’s 
“home” page. However, most screens contain alternate pages of information that 
are also useful. They are represented by different “tabs” that can be seen towards 
the top of the screen. Each tab is named to describe the functions it represents. 
Navigate to these alternate tabs by pressing the Page Select left and right keys.

Global Screen Elements
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02:  next 0:00 -   0:00
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The “global” screen elements are located at the top of the screen, laid out in a 
horizontal row. They always remain visible no matter what specific screen the 
user has currently navigated to, because they displays console parameters that 
are always important to keep in view at all times.

These screen elements include, from left to right:

Channel Indicator: Displays various elements of the currently 
selected, including:

1. The number of the specific input or output channel that is currently selected

2. The custom channel name (if one has been assigned)

3. Channel color (if one has been assigned) 

4. Channel icon (if one has been assigned)

Show Indicator: This number, presented in a large orange colored font, 
displays the currently loaded show.

Scene Name/Number: Thus number, displayed in a smaller black colored font, 
indicates the number of the currently loaded scene.

USB Recorder File: Displays the name of the active file that is currently being 
recorded or played back. 

AES50-A: Displays, by name, what AES50 based equipment is connected to the 
console’s AES50-A port. The green LED lights solid when a valid AES50 connection 
is present. 

AES50-B: Displays, by name, what AES50 based equipment is connected to the 
console’s AES50-B port. The green LED lights solid when a valid AES50 connection 
is present. 

Word Clock/Sample Rate Indicator: 

1. Displays the current sample rate of the console. 

2. The green LED illuminates when a valid internal or external clock is present. 

3. Displays the current source of the clock:

•	 L: Internal Clock

•	 A: AES50 port A

•	 B: AES50 port B

•	 C: XUF

Clock: Displays the current time of day in hours:minutes:seconds.
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7.1.3  Navigation Methods

Following is an overview of how to navigate to the different console screens, 
screen tabs, and sets of encoder parameters.

1. Press any of the assorted “View” buttons on any section of the console 
top panel to switch the screen to the content that is tied to those 
hardware controls.

2. Alternatively, press any of the eight hardware buttons located to the right-
hand side of the screen to switch the screen to eight other areas that are not 
covered by the assorted “View” buttons.

3. On any given screen, press the Page Select left/right keys to navigate among 
the various screen “tabs” within a screen category.

4. On any given screen, press the Layer up/down keys to navigate among the 
various sets of encoder parameters located at the bottom of each screen.

Dedicated Screens

The eight screens described in the following section are all “dedicated” screens. 
They are accessed by pressing one of the eight dedicated buttons located to the 
right of the screen itself. This is in contrast to the “View” based screens, which are 
navigated to by pressing the “View” button in various sections of the console 
top panel. 

Rotary Encoder Elements: 
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The bottom of most screens contain 6 slots of information that are always paired 
with the 6 hardware rotary encoders located directly underneath each slot. 
The hardware encoders are used to adjust parameters displayed in these slots, 
and operate in the following manner:

1. Parameters displayed in the top half of each slot are most often “continuous” 
type parameters, and are adjusted by rotating the corresponding encoder 
located directly below the bottom of the screen. 

•	 For example, in the “home” tab of the Home screen, the “gain” 
parameter of the selected input (located in slot 1) is adjusted with the 
first encoder.

2. Parameters displayed in the bottom half of each slot (outlined in dark grey) 
are most often “on/off” style parameters, and are adjusted by pushing the 
encoder inward, using it as a button. 

•	 For example, in the “home” tab of the Home screen, the “link” 
parameter of the selected input (located in slot 1) is adjusted with the 
first encoder’s push action. 

3. If a given screen contains more parameters than fits into the 6 slots, then a 
2nd set of slots is made available. Navigate to the next set of slots by 
pressing the Layer down key, and the bottom-of-screen content will change 
to display the next set of 12 parameters to be adjusted. Press the Layer up 
key to return to the original set of 12 parameters. 
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7.2  Home Screen
The home screen contains a high-level overview of the selected input or output 
channel, and offers various adjustments not available through the dedicated 
top-panel controls:

The home screen contains the following separate tabs:

1. Home: General signal path for the selected input or output channel

2. Config: Allows selection of signal source/destination for the channel, 
configuration of insert point, and other settings

3. Gate: Controls and displays the channel gate effect beyond those offered by 
the dedicated top panel controls

4. Dynamics: Controls and displays the channel dynamics effect (compressor) 
beyond those offered by the dedicated top panel controls

5. EQ: Controls and displays the channel equalizer effect beyond those offered 
by the dedicated top panel controls

6. Sends: Controls and displays for channel sends, such as sends metering and 
send muting

7. Main: Controls and displays for the selected channel’s output

7.2.1  Home Screen: Home Tab

The home tab of the home screen displays a general signal path for the currently 
selected input or output channel. It visually displays various parameters of the 
input, gate, insert point, equalizer, dynamics, output path, and buses. 

The home tab contains the following parameters (divided into two pages) 
that can be adjusted using the six rotary-push encoders. 

Page 1

1. Adjust the 1st encoder to control the input gain (trim) of the channel.

2. Tap the 1st encoder to link the channel with its adjacent channel.

3. Adjust the 2nd encoder to set the threshold of the channel noise gate.

4. Tap the 2nd encoder to toggle the channel noise gate in/out of the 
signal path.

5. Adjust the 3rd encoder to toggle the channel’s insert point between 
pre-fader and post-fader status.

6. Tap the 3rd encoder to toggle the channel insert in/out of the signal path.

7. Adjust the 4th encoder to toggle the channel dynamics between pre-EQ and 
post-EQ status.

8. Tap the 4th encoder to toggle the channel EQ in/out of the signal path.

9. Adjust the 5th encoder to set the threshold of the channel compressor.

10. Tap the 5th encoder to toggle the channel compressor in/out of the 
signal path.

11. Adjust the 6th encoder to pan the selected channel within the main 
stereo output.

12. Tap the 6th encoder to assign the selected channel to the main 
stereo output.

Page 2

1. Adjust the 1st encoder to select the console channel currently controlled by 
the home screen.

2. Tap the 1st encoder to toggle +48V phantom power on/off for the currently 
selected input.

3. Tap the 2nd encoder to toggle phase flip on/off for the currently 
selected channel.

4. Adjust the 3rd encoder to select which of the 8 DCA groups the currently 
selected channel will be assigned to.

5. Tap the 3rd encoder to assign the currently selected channel to the selected 
DCA group.

6. Adjust the 4th encoder to select which of the 6 mute groups to assign the 
currently selected channel to.

7. Tap the 4th encoder to assign the currently selected channel to the selected 
mute group.

8. Tap the 5th encoder to toggles solo on/off for the currently selected channel.

9. Adjust the 6th encoder to adjust the fader level for the currently 
selected channel.

10. Tap the 6th encoder to toggle mute on/off for the currently selected channel.



43 X32 DIGITAL MIXER Preliminary User Manual

7.2.2  Home Screen: Config Tab

The configuration tab allows selection of signal source/destination for the 
channel, configuration of insert point, and other settings, as well as configuration 
of the channel delay. 

The config tab contains the following parameters that can be adjusted using the 
six rotary-push encoders:

1. Adjust the 1st encoder to control the input gain (trim) of the channel.

2. Tap the 1st encoder to allow linking of the channel with adjacent channel.

3. Adjust the 2nd encoder to set the low-cut frequency of the channel.

4. Tap the 2nd encoder to toggle the low-cut filter in/out of the signal path.

5. Adjust the 3rd encoder to scroll among all of the possible sources for 
the channel.

6. Tap the 3rd encoder to select the currently highlighted source and assign it 
to the channel.

7. Adjust the 4th encoder to set the amount of digital line delay applied to 
the channel. 

*Note – this is not an echo effect

8. Tap the 4th encoder to toggle the delay in/out of the signal path.

9. Adjust the 5th encoder to toggle the channel insert between pre and post 
EQ/compressor.

10. Tap the 5th encoder to toggle the channel insert in/out of the signal path.

11. Adjust the 6th encoder to scroll among the signal path choices for the 
insert point.

12. Tap the 6th encoder to assign the selected signal path to the insert point.

7.2.3  Home Screen: Gate Tab

The gate tab displays all aspects of the channel noise gate and allows for very 
deep control of the gate effect. Whereas the top panel’s dedicated gate section 
allows control of the gate’s threshold and in/out status, the gate tab offers many 
more controls. This tab can also be accessed directly by pressing the “View” 
button in the top panel Gate section.

The gate tab contains the following parameters, divided among two pages, 
that can be adjusted using the six rotary-push encoders:

Page 1

1. Adjust the 1st encoder to set the input threshold of the gate.

2. Tap the 1st encoder to toggle the noise gate in/out of the signal path.

3. Adjust the 2nd encoder to set the range of a “ducking” effect applied to 
the channel.

4. Tap the 2nd encoder to toggle the ducker effect in/out of the signal path.

5. Adjust the 3rd encoder to set the attack time of the onset of the noise 
gate effect.

6. Adjust the 4th encoder to set the hold time of the noise gate effect.

7. Adjust the 5th encoder to set the release time of the noise gate, 
controlling how quickly the gate opens up and lets the signal through.

Page 2

1. Encoders 1 and 2 function the same on pages 1 and 2. 

2. Adjust the 4th encoder to set the frequency of the key filter that can be used 
to trigger the noise gate.

3. Tap the 4th encoder to toggle the key filter on/off, allowing a specific 
frequency to control the gate.

4. Adjust the 5th encoder to set the steepness of the EQ slope used in the 
key filter.

5. Tap the 5th encoder to send the key source to the solo bus, allowing the key 
source to be monitored and evaluated.

6. Adjust the 6th encoder to select the specific key source to be used. 
Choices include “self” (the channel’s own signal) as well as any other 
input/output of the console.

7. Tap the 6th encoder to assign the selected key source to the gate.
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7.2.4  Home Screen: Dynamics Tab

The dynamics tab displays all aspects of the channel compressor and allows for 
very deep control of the effect. Whereas the top panel’s dedicated compressor 
section allows control of the threshold and in/out status, the compressor tab 
offers many more controls. This tab can also be accessed directly by pressing the 
“View” button in the top panel Dynamics section. 

The dynamics tab contains the following parameters that can be adjusted using 
the six rotary-push encoders:

Page 1

1. Adjust the 1st encoder to set the input threshold of the compressor.

2. Tap the 1st encoder to toggle the compressor in/out of the signal path.

3. Adjust the 2nd encoder to set the ratio of the compressor.

4. Tap the 2nd encoder to switch the channel dynamics effect between 
compression and expansion.

5. Adjust the 3rd encoder to set the attack time of the compressor effect.

6. Tap the 3rd encoder to switch the compressor between Peak and RMS 
(root-mean-squared) mode, where the average level of the signal is 
evaluated more than any specific peak of the channel material.

•	 PEAK: A peak sensing compressor responds to the instantaneous level 
of the input signal. While providing tighter peak control, peak sensing 
might yield very quick changes in gain reduction, more evident 
compression, or sometimes even distortion. This mode is very suitable 
for control/limiting of dynamic material.

•	 RMS: In this mode, the compressor applies an averaging function on the 
input signal before its level is compared to the threshold. This allows 
a more relaxed compression that also more closely relates to our 
perception of loudness. Sharp dynamic transients will be less affected in 
this mode. This mode is good for controlling levels in a mix.

7. Adjust the 4th encoder to adjust the “hold” time of the compressor. 

•	 “Hold” time is a parameter not often found on commercial units, but is 
very handy. If a compressor is set to use a very fast attack/release time, 
audible distortion can occur, because the compressor is trying to work 
on individual waveform cycles of the signal instead of sound envelope 
as a whole. The “hold” parameter works around this issue by providing 
a short delay. This delay prevents the compressor from releasing until a 
certain time has passed. 

8. Tap the 4th encoder to switch between Linear and Logarithmic modes for the 
compressor. Following are some brief definitions of these different modes:

•	 LOG: This mode is used in many well-respected compressors and is the 
natural result of more recent analogue units employing logarithmic 
side chains and resistor/capacitor time constants. The exponential/
dB law has some interesting characteristics. Firstly, the time taken to 
complete a compression event tends to stay the same however large 
the dynamic signal excursion is. Also, since the peak rate of gain change 
increases with dynamic excursion, the resulting harmonic content due 
to compression tends to follow the loudness of the program in a way 
the ear expects. This helps to mask the effects of the compression and 
thus provides the most forgiving solution, being tolerant to differing 
timing settings and program material. This makes it the best choice 
for general compression use and overall dynamic control of complex 
musical program.

•	 Linear: In this mode, the rate of gain change is constant (as set by the 
timing controls). Therefore, the greater the signal dynamic excursion, 
the longer the compressor will take to complete a gain change. 
Also, since the total time that the compressor spends in attack or decay 
is proportional to the size of the gain excursion, the harmonic content 
of the compression artifacts will seem to reduce in frequency content. 
The louder the signal excursion is. This type of compressor is useful 
for generating dynamic sound effects because the sonic character of 
the compression is much more affected by time control settings and 
program material than the exponential type.

9. Adjust the 5th encoder to set the release time of the compressor.

10. Adjust the 6th encoder to set the makeup gain of the compressor, 
useful when the compression effect has reduced the overall signal level of 
the channel too much.

Page 2

1. Encoders 1 and 2 function the same on pages 1 and 2. 

2. Adjust the 3rd encoder to set the steepness of the compressor “knee” 
between five separate settings. Adjust this control to switch between a 
“harder” sounding or more transparent compression effect.

3. Tap the 3rd encoder to move the compressor effect before or after the 
equalizer in the channel signal path.

4. Adjust the 4th encoder to set the frequency of the key filter that can be used 
to trigger the compressor.

5. Tap the 4th encoder to toggle the key filter on/off, allowing a specific 
frequency to control the compressor.

6. Adjust the 5th encoder to set the steepness of the EQ slope used in 
the compressor.

7. Tap the 5th encoder to send the key source to the solo bus, allowing the key 
source to be monitored and evaluated.

8. Adjust the 6th encoder to select the specific key source to be used. 
Choices include “self” (the channel’s own signal) as well as any other 
input/output of the console.

9. Tap the 6th encoder to assign the selected key source to the compressor.
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7.2.5  Home Screen: EQ Tab

The EQ tab displays all aspects of the channel equalizer and also displays a 
detailed visual graph of the current EQ curve. This tab can also be accessed 
directly by pressing the “View” button in the top panel Equalizer section. 

1. If the currently selected channel is an input, the channel equalizer contains 
four bands, with various aspects of each band adjusted by encoders 2-5.

2. If the currently selected channel is a bus, the channel equalizer contains six 
bands, with various aspects of each band adjusted by encoders 1-6.

3. On the equalizer screen, the various encoders are always tied to the various 
equalizer bands, and the Layer up/down keys are used to toggle whether the 
four/six encoders adjust:

•	 Gain

•	 Frequency

•	 Q (Bandwidth)

•	 Equalizer Mode

Page 1 (Gain)

1. Adjust the 1st encoder to set the frequency of the channel low-cut filter.

2. Tap the 1st encoder to toggle the low-cut filter in/out of the signal path.

3. Adjust the 2nd encoder to boost/cut the gain of the low band.

4. Adjust the 3rd encoder to boost/cut the gain of the low-mid band.

5. Adjust the 4th encoder to boost/cut the gain of the high-mid band.

6. Adjust the 5th encoder to boost/cut the gain of the high band.

7. Tap the 6th encoder to toggle the EQ in/out of the signal path.

Page 2 (Frequency)

1. Works as above, but the encoders now adjust the frequency center points for 
the different EQ bands.

Page 3 (Q)

1. Works as above, but the encoders now adjust the Q (bandwidth) for the 
different EQ bands. Use a narrow slope for working with a specific frequency, 
or use a more broad slope for general tone shaping. 

Page 4 (Mode)

1. Mode: Works as above, but the encoders now adjusts the EQ mode for each 
EQ band. Choices include:

•	 Low Cut

•	 Low Shelf

•	 Parametric Equalizer

•	 VEQ

•	 High Shelf

•	 High Cut

7.2.6  Home Screen: Sends Tab

The sends tab displays and controls all aspects of the channel sends to the sixteen 
mix buses. Compared to the dedicated top panel send controls, this screen 
offers additional functions such as send muting and simultaneous metering of 
the selected channel’s sixteen sends. This tab can also be accessed directly by 
pressing the “View” button in the top panel sends section. 

The sends tab contains the following parameters that can be adjusted using the 
six rotary-push encoders:

Page 1

1. Adjust the 1st encoder to set the level for the first send of the currently 
selected four-send group.

2. Tap the 1st encoder to mute the first send of the currently selected 
four-send group.

3. Repeat process with the next three encoders for the other three sends in the 
currently selected four-send group.

4. Adjust the 6th encoder to select which four sends to control with the screen 
encoders, shifting focus two sends at a time.

5. Tap the 6th encoder to select which four sends to control with the screen 
encoders, shifting focus four sends at a time.

Page 2

1. Adjust the 1st encoder to select where in the signal chain the send is 
tapped from, for the first two sends of the currently focused four sends. 
Options include:

•	 Pre-EQ

•	 Post-EQ

•	 Pre-Fader

•	 Post-Fader

•	 Sub-Group

2. Adjust the 3rd encoder to perform the same operation for the second two 
sends of the currently focused four sends.

3. Adjust the 6th encoder to select which four sends to control with the screen 
encoders, shifting focus two sends at a time.

4. Tap the 6th encoder to select which four sends to control with the screen 
encoders, shifting focus four sends at a time.

7.2.7  Home Screen: Main Tab

The main tab displays and controls all aspects of the main bus assignments. 

The main tab contains the following parameters that can be adjusted using the 
six rotary-push encoders:

1. Adjust the 1st encoder to pan the selected channel within the main 
stereo output.

2. Tap the 1st encoder to assign the selected channel to the main stereo output.

3. Adjust the 2nd encoder to adjust the level of the currently selected channel 
within the mono (center) bus. 

4. Tap the 2nd encoder to assign the selected channel to the mono output 
signal path. Use this function when crafting an LCR mix as opposed to a 
mono or stereo mix.

5. Tap the 5th encoder to solo/unsolo the currently selected channel.

6. Adjust the 6th encoder to set the fader level for the currently selected channel.

7. Tap the 6th encoder to mute/unmute the currently selected channel.
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7.3  Meters Screen
The meters screen displays different groups of level meters for various signal 
paths of the console, and is useful for quickly ascertaining if any channels need 
level adjustment. Since there are no parameters to adjust for the metering 
displays, none of the metering screens contain any “bottom-of-screen” 
controls that would normally be adjusted by the 6 rotary encoders. 

The meter screen contains the following separate screen tabs, each containing 
level meters for the following signal paths:

1. Channel: 

•	 Level meters and fader levels for the 32 input channels

•	 Gate response meters for the 16 input channels

•	 Gain reduction meters for the 16 input channels

2. Mix Bus: 

•	 Level meters, fader levels, and gain reduction meters for the 
16 bus masters 

•	 Level meters, fader levels, and gain reduction meters for the 
6 matrix outputs 

•	 Level meters, fader levels, and gain reduction meters for the stereo 
main bus and the mono bus 

3. Aux/FX: 

•	 Level meters for the 6 auxiliary sends

•	 Level meters and fader levels for the 8 auxiliary returns

•	 Level meters and fader levels for the 4 stereo effects returns

4. In/Out: 

•	 The 32 input channels

•	 The 8 auxiliary returns

•	 The 6 auxiliary sends

•	 The two rear panel digital outputs

•	 Monitor outputs

•	 The 16 rear panel analog outputs

•	 The P16 Ultranet outputs
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7.4  Routing Screen
The routing screen is where all signal patching is done, allowing you to route 
internal signal paths to and from the physical input/output connectors located on 
the console’s rear panel.  

The routing screen contains the following separate tabs:

1. Home: Allows patching of physical inputs to the 32 input channels and 
Aux inputs of the console.

2. Analog Out: Allows patching of internal signal paths to the console’s 
16 rear-panel XLR outputs.

3. Aux Out: Allows patching of internal signal paths to the console’s 
6 rear-panel ¼"/RCA auxiliary outputs.

4. P16 Out: Allows patching of internal signal paths to the 16 outputs of the 
console’s 16-channel P16 Ultranet output.

5. Card Out: Allows patching of internal signal paths to the 32 outputs of the 
XUF card. 

6. AES50-A: Allows patching of internal signal paths to the 48 outputs of the 
rear panel AES50-A output. 

7. AES50-B: Allows patching of internal signal paths to the 48 outputs of the 
rear panel AES50-B output. 

None of the routing screen's tabs contains a secondary level of encoder functions. 
When routing audio, the Layer up/down keys do not need to be used. 

7.4.1  Routing Screen: Home Tab

The routing screen’s home tab allows the user to patch the console’s physical 
rear-panel inputs to the 32 input channels and Aux inputs of the console.  

As a default, the console maps the console’s 32 rear-panel analog inputs to their 
the respective 32 channel inputs that are accessed on input fader layers one 
and two, and maps the rear panel line-level (auxiliary) inputs to the third input 
fader layer. 

However, the home tab of the routing screen can be used to change this 
default assignment and  “crosspatch” different physical inputs to different 
channel inputs, in banks of 8 channels at a time. This allows the user to create a 
custom layout of channel inputs that differs from the order that the sources are 
plugged into the rear panel, and is easier than physically re-patching physical 
audio cables. 

To assign various inputs to the console’s input channels, perform the 
following steps:

1. Adjust the first rotary encoder to select which 8-channel audio input 
source feeds input channels 1-8 of the console. As the encoder is rotated, 
the currently selected input will be highlighted in the vertical list of choices.

2. When the desired 8-channel source is selected, push the 1st encoder to 
“connect” the currently selected 8-channel source. The selected source now 
feeds input channels 1-8 of the console.

3. Input choices that can be assigned include:

•	 Local 1-8

•	 Local 9-16

•	 Local 17-24

•	 Local 25-32

•	 AES50-A 1-8

•	 AES50-A 9-16

•	 AES50-A 17-24

•	 AES50-A 25-32

•	 AES50-A 33-40

•	 AES50-A 41-48

•	 AES50-B 1-8

•	 AES50-B 9-16

•	 AES50-B 17-24

•	 AES50-B 25-32

•	 AES50-B 33-40

•	 AES50-B 41-48

•	 Card 1-8

•	 Card 9-16

•	 Card 17-24

•	 Card 25-32

4. To assign an 8-channel source for the other input channels of the console 
(9-16, 17-24, 25-32), simply repeat the process above, using the other four 
rotary encoders on the same screen.

5. Choices for Aux In 1-4 include:

•	 Aux 1-4

•	 Local 1-4

•	 AES50-A 1-4

•	 AES50-B 1-4

•	 Card 1-4
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7.4.2  Routing Screen: Analog Out Tab

The routing screen’s analog out tab allows the user to patch the console’s various 
internal signal paths to the 16 analog XLR outputs that are located on the console 
rear panel.

The X32 console allows for many different kinds of output signal paths, and this 
screen is where these output paths are assigned to an actual physical rear panel 
output so that the signal path can be patched to their eventual destination 
(such as the front-of-house PA speakers or a powered stage monitor). 

To assign the various output paths to the rear panel XLR outputs, perform the 
following steps:

1. Adjust the 1st encoder to select which of the 16 rear panel analog outs you 
wish to assign an output signal path to. 

2. Adjust the 3rd encoder to select an output path “category”. 
These categories include:

•	 Off

•	 Main (LRC) Mix

•	 Mix Bus Outputs

•	 Matrix Outputs

•	 Direct Outs

•	 Monitor

3. Adjust the 4th encoder to select a specific output path, including:

•	 Off

•	 Main L

•	 Main R

•	 Main C/M

•	 Any of the 16 Mix Outputs

•	 Any of the 6 matrix outputs

•	 Any of the 32 direct outputs

•	 Any of the 8 Auxiliary Outputs

•	 Any of the FX Direct Outputs 

•	 Monitor L

•	 Monitor R

•	 Talkback

4. Tap the 4th encoder to assign the selected output path, 
completing the process. 

5. Adjust the 5th encoder to select the signal tap point for the output 
assignment. This determines where in the audio signal path the source is 
“tapped” as it is sent to the physical rear panel output. The available signal 
tap points include:

•	 Input

•	 Pre-EQ

•	 Pre-Fader

•	 Post-Fader

6. Tap the 5th encoder to assign the selected signal tap point.

7. Adjust the 6th encoder to adjust the amount of digital line delay applied to 
the output path as it is sent to the rear-panel physical output. As the amount 
of delay is adjusted, the current delay time is displayed in three different 
units of measurement: Feet, Meters, and Milliseconds. 

8. Tap the 6th encoder to toggle delay on/off. The “delay” label illuminates 
when the delay is inserted into the signal path.

TIP: Applying a delay to an output signal is typically done when the console 
is used in a “multi-zone” P.A. speaker setup, where some PA speakers are 
located near the stage and a second set of speakers are located further back 
within the audience. By applying an appropriate amount of delay only to 
the speakers located near the stage, the audience hears the audio from the 
closer/further speakers at the same time, insuring maximum time-alignment 
and sound quality. The console assumes an operating temperature of 20°C/68°F 
when calculating the delay times.

7.4.3  Routing Screen: Aux Out Tab

The route screen’s aux out tab allows the user to patch an internal signal 
path (such as a mix output used as an effects send) to the 6 separate ¼"/RCA 
auxiliary outputs. 

Since these six outputs can have a wide variety of signal paths assigned to them, 
they can be used for a wide variety of tasks, such as:

1. Feeding an external effects processor when the internal effects 
are insufficient

2. Patching a specific console signal path into an outboard recorder

3. Feeding the analog or digital audio inputs of a nearby video recorder

To make an assignment as described above, perform the following steps:

4. Adjust the 1st encoder to select which auxiliary outputs to assign a source 
for. Choices include:

•	 Aux Out 1

•	 Aux Out 2

•	 Aux Out 3

•	 Aux Out 4

•	 Aux Out 5

•	 Aux Out 6

•	 AES/EBU (Digital) Out L

•	 AES/EBU (Digital) Out R
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5. Adjust the 3rd encoder to select for coarse range

•	 Insert

•	 Main (LRC)

•	 Mix Bus

•	 Matrix

•	 Direct Out

•	 Monitor

6. Adjust 4th encoder to select specific signal path to feed the selected physical 
output. Choices include:

•	 Insert Point

•	 Main L

•	 Main R

•	 Main C/M

•	 Any of the 16 Mix Outputs

•	 Any of the 6 matrix outputs

•	 Any of the 32 direct outputs

•	 Any of the 8 Auxiliary Outputs

•	 Any of the FX Direct Outputs 

•	 Monitor L

•	 Monitor R

•	 Talkback

7. Tap the 4th encoder to assign the selected output path, 
completing the process. 

8. Adjust the 5th encoder to select the signal tap point for the output 
assignment. Choices include:

•	 Input

•	 Pre-EQ

•	 Pre-Fader

•	 Post-Fader

9. Tap the 5th encoder to complete the signal tap point assignment.

7.4.4  Routing Screen: P16 Tab

The routing screen’s P16 tab allows the user to route various console signal paths 
to the rear panel P16 Ultranet output. The Ultranet output allows for 16 channels 
of audio to be sent, in digital form, to various accessories such as a personal 
monitoring distribution box. 

Using the P16 routing screen, the user can configure the P16 output to carry not 
only the main LR mix, but also various audio “stems” of program material sources 
from a bus send mix, such as a stereo drum mix, stereo keyboards, guitars, 
bass, vocals, etc. Musicians on stage would then be free to each craft their own 
personal mix of these musical stems, all delivered from the FOH position to stage 
over a single Ethernet cable.

To select which audio signals are sent to the P16 bus, perform the following steps:

1. Adjust the 1st encoder to select which of the 16 channels in the P16 bus you 
wish to select an audio source for.

2. Adjust the 3rd encoder to select a category of audio source to send to the 
currently selected P16 channel. These categories include:

•	 Insert

•	 Main (LRC)

•	 Mix Bus

•	 Matrix

•	 Direct Out

•	 Monitor

3. Adjust the 4th encoder to select which specific signal path to feed to the 
currently selected P16 output. Choices include:

•	 Off

•	 Main L

•	 Main R

•	 Main C/M

•	 Any of the 16 Mix Outputs 

•	 Any of the 6 matrix outputs

•	 Any of the 32 direct outputs

•	 Any of the 8 Auxiliary Outputs

•	 Any of the FX Direct Outputs 

•	 Monitor L

•	 Monitor R

•	 Talkback

4. Tap the 4th encoder to assign the selected output path, 
completing the process. 

5. Adjust the 5th encoder to select the signal tap point for the output assignment. 
This determines where in the audio signal path the source is “tapped” as it is 
sent to the P16 output. The available signal tap points include:

•	 Input

•	 Pre-EQ

•	 Pre-Fader

•	 Post-Fader

6. Tap the 5th encoder to complete the signal tap point assignment.
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7.4.5  Routing Screen: Card Output Tab:

The routing screen’s card tab allows the user to patch various signal paths to 
the physical inputs and outputs of the XUF card. The XUF’s signal path provides 
32 channels of inputs and 32 channels of outputs. The 32 card inputs can be used 
as alternate sources for the two input fader layers, switchable in banks of 8. 

To assign an output path to the option card, perform the following steps:

1. Adjust the 1st encoder to select which 8-channel output path to send to the 
first 8 outputs of the card. Choices include:

•	 Local 1-8

•	 Local 9-16

•	 Local 17-24

•	 Local 25-32

•	 AES50-A 1-8

•	 AES50-A 9-16

•	 AES50-A 17-24

•	 AES50-A 25-32

•	 AES50-A 33-40

•	 AES50-A 41-48

•	 AES50-B 1-8

•	 AES50-B 9-16

•	 AES50-B 17-24

•	 AES50-B 25-32

•	 AES50-B 33-40

•	 AES50-B 41-48

•	 Card 1-8

•	 Card 9-16

•	 Card 17-24

•	 Card 25-32

•	 Out 1-8 

•	 Out 9-16

•	 P16 1-8

•	 P16 9-16

•	 Aux 1-6/Mon

2. Tap the 1st encoder to assign the selected output path, 
completing the process. 

3. Repeat the process with encoders 2-4 to select output paths for the other 
24 channels of card outputs. 

7.4.6  Routing Screen: AES50-A and AES50-B Tabs:

The routing screen’s AES50-A and AES50-B tabs allow the user to patch various 
console output paths to the outputs of the dual AES50 connectors. These AES50 
connectors can feed other AES50 equipped devices such as a digital stagebox or 
standalone multi-track recorder.

The console contains two separate AES50 connectors, an “A” connector and a 
“B” connector. These dual connectors allow for an increased level of flexibility in 
networking the console with various AES50 based equipment. 

Each of the two AES50 screens contains the same following sets of parameters 
that can be adjusted. To assign various console signal paths to the AES50 
connectors, perform the following steps:

1. Adjust the 1st encoder to select an 8-channel signal path that will be sent to 
the first 8 channels of the AES50 connectors output. Choices include:

•	 Local 1-8

•	 Local 9-16

•	 Local 17-24

•	 Local 25-32

•	 AES50-A 1-8

•	 AES50-A 9-16

•	 AES50-A 17-24

•	 AES50-A 25-32

•	 AES50-A 33-40

•	 AES50-A 41-48

•	 AES50-B 1-8

•	 AES50-B 9-16

•	 AES50-B 17-24

•	 AES50-B 25-32

•	 AES50-B 33-40

•	 AES50-B 41-48

•	 Card 1-8

•	 Card 9-16

•	 Card 17-24

•	 Card 25-32

•	 Out 1-8 

•	 Out 9-16

•	 P16 1-8

•	 P16 9-16

•	 Aux 1-6/Mon

2. Tap the 1st encoder to connect the currently selected signal path to the 
AES50 pathway.

3. Repeat the above process for the other five sets of 8-channel AES50 outputs.  

The AES50-B tab works exactly the same as the AES50-A screen, but instead 
selects sources sent to the output of the console’s AES50-B connector.
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7.5  Setup Screen
The setup screen offers various controls for global, high-level functions of 
the console such as display adjustments, sample rates and synchronization, 
user settings, and network configuration. 

The setup screen contains the following separate tabs:

1. Global: This screen offers adjustments for various global preferences of how 
the console operates.

2. Config: This screen offers adjustments for sample rates and synchronization, 
as well as configuring high-level settings for signal path buses.  

3. Remote: This screen offers different controls for setting up the 
console as a control surface for various DAW recording software on a 
connected computer.

4. Network: This screen offers different controls for attaching the console to a 
standard Ethernet network.

5. DCA Groups: This screen offers controls for various aspects of the console’s 
DCA groups.

6. Card: This screen selects between the USB and FireWire connectors, and also 
selects the input/output configuration.

None of the setup screen’s tabs contain a secondary level of encoder functions, 
so the Layer up/down keys do not need to be used for these screens.

7.5.1  Setup Screen: Global Tab:

The setup screen’s global tab allows the user to adjust various global controls of 
the console, such as display brightness and contrast, the panning mode used by 
channels, text languages, and more.

1. To make adjustments in the global screen, perform the following steps:

2. Adjust the first encoder to select various console settings for pop-up 
messages and assorted preferences.

3. Tap the 1st encoder to turn the currently selected setting on/off.

4. Adjust the 2nd encoder to select settings for linking multiple 
console channels.

5. Tap the 2nd encoder to turn the currently selected setting on/off.

6. Adjust the 3rd encoder to set the console’s panning mode, which affects how 
channel panning is performed in the stereo field. The two choices are:

•	 LR + Mono: This is the default mode of the console. In this mode, 
channels can be panned between the left and right mix outputs, as well 
as assigned to the separate mono mix bus. In this mode, the Center/
Mono bus is not affected by from the pan control. 

•	 LCR enable: In this mode, the signal is panned from Left over Center 
to Right. This behavior is emulated by the faders on the Main tab, 
a behavior that is more intuitive than on other consoles. Note that in 
this mode, the definition of “mono” changes since the setup is no longer 
mono, but rather a setup consisting of  Left-Center-Right.

7. Adjust the 4th encoder to set the brightness of the various LED lights of the 
console, from a range of 1-100.

8. Adjust the 5thth encoder to set the brightness of the color screen 
(main display), from a range of 1-100.

9. Adjust the 6th encoder to set the brightness of the individual LCD screens 
(channel display) above each input and output channel, from a range 
of 1-100.

7.5.2  Setup Screen: Config Tab:

The setup screen’s config tab allows adjustment of various audio-related settings, 
such as the console’s base sample rate and use of an internal or external digital 
clock. It also offers choices for high-level global settings for how signal path 
buses operate. 

To adjust the various settings of the config tab, perform the following steps:

1.  Adjust the 1st encoder to select between Console, Show Data, and Libraries 
for initialization.

2. Tap the 1st encoder to initialize the console back to its factory state. 

•	 An “are you sure” message will appear. Use the left Page Select key to 
cancel out of the operation, or the right key to confirm the operation 
and initialize the console.

3. The console’s current firmware is displayed in the first column of the main 
color screen. 

•	 If/when a firmware update is available for the console, the user simply 
needs to download the new firmware file to the root level of a USB 
thumb drive, attach the thumb drive to the console, and then reboot. 
The console will see the firmware file and an update will be done 
automatically while booting. 

4. Adjust the 2nd encoder to select the digital sample rate of the console. 
Choices include:

•	 48 kHz

•	 44.1 kHz

5. Tap the second encoder to assign the currently selected sample rate.

Tip: Note that the sample rate of the console will be the same sample rate for 
any audio recorded to the onboard stereo USB recorder, as well as the sample 
rate output by the AES/EBU connector that may get patched into an outboard 
recorder. Thus, it is often beneficial to select a sample rate that is appropriate for 
the medium that recorded audio will eventually be used on. 

If the program material being recorded is audio only, with no video component, 
then it usually makes sense to set a sample rate of 44.1 kHz. This will ensure that 
any audio recorded is compatible with the 44.1 kHz sample rate of commercial 
audio CDs.

If the program material being recorded is audio that is meant to accompany 
video, then it usually makes sense to set a sample rate of 48 kHz. This will ensure 
that any audio recorded is compatible with the 48 kHz sample rate of the various 
audio formats used on a video DVD.

6. Adjust the 3rd encoder to set the word clock synchronization of the 
console to use its internal digital clock, or slave to an external digital clock. 
Choices for the clock signal include:

•	 Internal clock

•	 External clock from the AES50-A port

•	 External clock from the AES50-B port

•	 XUF card
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Note that the graphics at the top of the screen will always display a green led 
when the console has achieved proper “digital lock”, from either its own internal 
clock or a valid external clock. 

7. Tap the 4th encoder to cycle through the different settings for the console’s 
internal date and time settings.

8. Adjust the 4th encoder to set the value for the currently selected 
date/time setting.

9. Adjust the 5th encoder to select the console’s “Bus Pre-Configuration”. 
This settings allows the mix bus outputs to be configured in various 
combinations of:

•	 Pre-fader, variable output auxiliary sends

•	 Post-Fader, variable output auxiliary sends

•	 Fixed-output sub groups

10. Choices include:

•	 8 pre-fader auxiliary sends, 8 post-fader auxiliary sends, 
and no sub-groups

•	 8 pre-fader auxiliary sends, 4 post-fader auxiliary sends, 
and 4 sub-groups

•	 6 pre-fader auxiliary sends, 4 post-fader auxiliary sends, 
and 6 sub-groups

•	 4 pre-fader auxiliary sends, 4 post-fader auxiliary sends, 
and 8 sub-groups

•	 10 pre-fader auxiliary sends, 6 post-fader auxiliary sends, 
and 0 sub-groups

11. Tap the 5th encoder to assign the currently selected configuration.

As the configuration is selected, a display on the right-hand side of the color 
screen changes to show the currently selected configuration. 

7.5.3  Setup Screen: Remote Tab:

The setup screen’s remote tab allows setting up the console as a control surface 
for various DAW recording software on a connected computer. With its large 
complement of motorized faders, the console can act as an excellent controller 
for various DAW software, allowing the user to make level adjustments quickly 
and easily without using a mouse. 

To adjust the various remote settings, perform the following steps: 

1. Tap the 1st encoder to enable the console’s top panel Remote button. 
This switches various console hardware, such as the bus faders, to control 
computer DAW software instead of the console’s internal audio path.

2. Adjust the 2nd encoder to select the specific control surface protocol used, 
in conjunction with the target DAW software. Choices include:

•	 Mackie Control: Use this protocol to control any DAW software that is 
compatible with a Mackie Control hardware control surface.

•	 HUI: Use this protocol to control any D.A.W. software that is compatible 
with a HUI hardware control surface, such as Pro Tools. 

3. Tap the 2nd encoder to assign the currently selected control surface protocol.

4. Adjust the 5th encoder to select whether the remote function uses the MIDI 
In and OUT jacks or the XUF card's MIDI. 

5. Tap the 5th encoder to confirm the selection.

6. Adjust the 6th encoder to adjust various MIDI-based operations for the 
console. Choices include:

•	 MIDI In/Out: This toggles the MIDI input and outputs for the console 
on/off.

•	 Card MIDI: Allows MIDI transmission through the XUF card.

•	 USB In/Out: This toggles the console’s USB ports on/off.

•	 RTP  (Real-time Transport Protocol): This toggles on/off the console’s 
ability to interface with an Ethernet-based MIDI system. 

•	 Enable MIDI scene recall: This toggles on/off the console’s response to 
incoming MIDI messages for switching console scenes.

7. Tap the 6th encoder to toggle the currently selected MIDI option 
on/off. This can be useful if you want to ensure that any connected MIDI 
transmitters cannot interfere with the console.

7.5.4  Setup Screen: Network Tab:

The setup screen’s network tab contains settings used when connecting the 
console to a standard Ethernet network. The user can set parameters such as 
using a fixed IP address or having one assigned, as well as setting up the Ethernet 
and subnet mask settings. 

To set the network address for the console, perform the following steps:

1. Adjust the 1st encoder to select which specific network field to adjust. 
Choices include:

•	 IP Address

•	 Subnet Mask

•	 Gateway

2. Adjust encoders 2, 3, 4, and 5 to set the 4 numerical fields to be adjusted, 
for the selected network field.

3. Tap the 6th encoder to assign the adjusted settings.



53 X32 DIGITAL MIXER Preliminary User Manual

7.5.5  Setup Screen: DCA Tab

The setup screen’s DCA tab allows setup of the console’s digitally controlled 
amplifiers grouping feature, also known as DCAs. 

A DCA group is a grouping function, made possible by the console’s digital 
operation, where individual input channels can be grouped together and 
controlled with a single output fader on the right-hand side of the console. 
Unlike the traditional sub grouping function found on analog consoles, 
a DCA group does not combine the different input channels into a common 
sub-mix. Instead, the individual input channels still retain their original routing 
characteristics, but their level adjustments are all commonly controlled. On the 
DCA screen, the user can make useful adjustments such as assigning real names 
to the DCA groups (such as “drums” or “background vocals”), as well as assigning 
colors to them that are then reflected in the console’s multicolor channel 
LCD screens.

To adjust the various DCA settings, perform the following steps:

1. Adjust the 1st encoder to select which of the eight DCA groups you wish 
to edit.

2. Tap the 1st encoder to enter the “edit” page for the currently highlighted 
DCA, where its color, icon, and name can be adjusted. 

On the DCA edit page, perform the following steps:

1. Adjust the 1st encoder to set the color for the currently selected DCA group. 

•	 The selected color will be shown in the LCD screen above the selected 
DCA’s output fader, on the right hand side of the console. For example, 
if DCA#5 is assigned the color red, the LCD screen above output fader #5 
will illuminate in red.

2. Adjust the 2nd encoder to select the graphical icon for the DCA. A large 
variety of clip-art is available to represent various input sources and 
output destinations. 

3. Adjust the 3rd encoder to select a name from a list of common preset names 
(snippets), for the currently selected DCA groups. 

4. Tap the 3rd encoder to assign the currently highlighted preset text (snippet) 
to the DCA.

5. Adjust the 4th encoder to move the text entry cursor forward/backward, 
in the DCA’s name field.

6. Tap the 4th encoder to issue a “backspace” command, deleting the currently 
highlighted character.

7. Adjust the 5th encoder to select a letter, number, or symbol to enter into the 
DCA’s name field

8. Tap the 5th encoder to insert the currently highlighted letter, number, 
or symbol into the DCA's name field.

9. Adjust the 6th encoder to select whether the text entry choices offer capitals, 
normal characters, or numbers and symbols.  

10. Tap the 6th encoder to exit the DCA editing page, and save the current 
parameters to the DCA.
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7.6  Libraries Screen
The libraries screen allows loading and saving of commonly used setups for the 
channel inputs, effects processors, and routing scenarios.

The libraries screen contains the following separate tabs:

1. Channel: This tab allows the user to load and save commonly used 
combinations of the channel DSP effects. 

2. Effects: This tab allows the user to load and save commonly used effects 
processor presets.

3. Routing: This tab allows the user to load and save commonly used signal 
routings they have set up.

7.6.1   Libraries Screen: Channel Tab

The library screen’s channel tab allows you to load and save commonly used 
combinations of the channel DSP effects. For example, once you have dialed in 
a combination of equalization and compression that works well for a particular 
singer, you can save the channel DSP chain as a preset for later recall.

To adjust the various settings on the channel tab, perform the following steps:

1. Adjust the 1st encoder to navigate among which specific elements of 
the input channel can be recalled when loading an input channel preset. 
Choices include:

•	 Head Amp (Microphone Preamplifier)

•	 Configuration 

•	 Gate

•	 Compressor

•	 Equalizer

•	 Sends

2. Tap the 1st encoder to turn the currently selected element on/off in the 
recall list.

3. Adjust the 2nd encoder to scroll among a list of input channel presets.

4. Tap the 2nd encoder to load the currently highlighted preset and make it 
active on the currently selected console channel.

5. Adjust the 3rd encoder to scroll among a list of channel preset slots to save 
the current state of the currently selected console channel.

6. Tap the 3rd encoder to save the currently selected channel’s state, to the 
currently selected preset slot.

•	 When the 3rd encoder is tapped, a preset naming screen appears. 
Adjust and tap encoders 4-6 to apply a custom name to the preset 
before saving it, then tap the 6th encoder to complete the save process.

7. Tap the 4th encoder to delete a preset from the currently highlighted 
preset slot.

8. Tap the 5th encoder to import a preset from an attached USB drive.

•	 When the 5th encoder is tapped, an “import preset from USB” 
screen appears. Adjust the 1st encoder to navigate among the  contents 
of the USB drive, and then tap the 1st encoder to select the currently 
highlighted preset folder.

•	 When the preset file has been imported, tap the 2nd encoder to leave 
the screen.

9. Tap the 6th encoder to export the currently highlighted preset to an 
attached USB drive.

•	 When the 6th encoder is tapped, an “Export Preset to 
USB drive appears”.

•	 Adjust the 1st encoder to scroll among the currently available 
presets to export, then tap the first encoder to select the currently 
highlighted preset. 

•	 Adjust and tap encoders 4-6 to apply a custom name to the preset as it 
is exported.

•	 Tap the 2nd encoder to cancel out of the export operation.

7.6.2  Libraries Screen: Effects Tab

The library screen’s effects tab allows you to load and save presets for the various 
onboard effects processors. 

To adjust the various settings on the FX tab, perform the following steps:

1. Adjust the 1st encoder to navigate among which of the eight effects slots to 
load or save a preset. 

•	 As you navigate among the eight effects slots, the specific effect 
processor loaded into each slot will display on the screen as both a name 
and icon. 

2. To save and load presets, as well as import/export them, follow the same 
procedures as detailed in the Libraries Screen: Channel Tab

7.6.3  Libraries Screen: Routing Tab

The library screen’s routing tab allows you to load and save presets of the 
console’s signal routings. This can be useful for repeating specific routing 
scenarios that occur over and over on a regular basis, such as when using the 
console for a weekly club gig or worship service.

To adjust the various settings on the routing tab, perform the following steps:

1. Adjust the 1st encoder to navigate among which specific console signal paths 
will be recalled when loading a routing preset. Choices include:

•	 Channel Inputs

•	 Analog Out

•	 Auxiliary Out

•	 P16 (Ultranet) Out

•	 Card Out

•	 AES50 Out

2. Tap the 1st encoder to turn the currently selected element on/off in the 
recall list.

3. To save and load presets, as well as import/export them, follow the same 
procedures as detailed in the Libraries Screen: Channel Tab.
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7.7  Effects Screen
The effects screen controls various aspects of the eight internal effects 
processors. On this screen, the user can select specific types of effects for 
the eight internal effects processors, configure their input and output paths, 
monitor their levels, and adjust the various effects parameters.

The home screen contains the following separate tabs:

1. Home: The home screen provides a general overview for all eight effects 
processors, displaying what effect has been inserted in each of the eight slots, 
as well as displaying input/output paths for each slot and the I/O signal levels. 

2. FX1-8: These eight duplicate screens display all relevant data for the eight 
separate effects processors, allowing the user to adjust all parameters for 
the selected effect. 

7.7.1  Effects Screen: Home Tab

The effects screen’s home tab provides a high-level overview of the eight effect 
processor slots, giving the user “at-a-glance” feedback on what effects they 
have assigned to the slots, the console source and destination for each processor, 
and the input/output levels for each processor. 

To make adjustment on the effects screen’s home tab, perform the 
following steps:

1. Adjust the 1st encoder to select the input source for the currently highlighted 
effect block. Signal path choices include:

•	 Insert Send

•	 Mix Bus 1-16

2. Tap the 1st encoder to assign the currently selected input source.

3. Adjust the 2nd encoder to select the input source for the right side of the 
currently highlighted effect block. 

4. Tap the 2nd encoder to assign the currently selected input source.

TIP: To configure an effect as mono input and stereo output, set both input 
sources to the same signal path.

5. Adjust the 5th encoder to scroll among the different available audio effects. 
Choices include:

6. Tap the 5th encoder to assign the selected effect to the currently highlighted 
effects slot.

7. Adjust the 6th encoder to scroll among the eight effects slots, to select one 
for editing.

8. Tap the 6th encoder to go to the edit page for the currently highlighted 
effects slot.

7.7.2  Effects Screen: FX 1-8 Tabs:

The effect editor tab allows you to edit the parameters for the specific effect 
processor assigned to the corresponding effects slot. 

In order to more closely simulate the look and feel of the outboard processors 
that are no longer necessary with a digital console, the individual effects 
processor screen provides a graphical representation of the effect processor’s real 
world physical counterpart. This provides greater ease of use to the user than a 
simple text list of parameters. 

To make adjustment on the FX screen’s editing tab, perform the following steps:

1. Adjust the six rotary encoders to change the various effect parameters 
shown at the bottom of the screen. 

2. Use the Layer up/down buttons to switch the rotary encoders to a second 
set of parameters for effects that contain more than six adjustable 
parameters total.

3. When the effect processor has been edited to your satisfaction, push the 6th 
encoder to go back to the FX home tab (or simply resume the mixing duties 
in general). 

4. See the FX Descriptions chapter for details on specific parameters. 

TIP: For the Graphic EQ effects, tap the 1st encoder to implement the “Graphic EQ 
on Faders” function. This allows you to boost-cut the different EQ bands using the 
8 console output faders, 8 faders at a time, with the relevant EQ bands displayed 
on the channel LCD screens.

1. Hall Reverb 14. Rotary Speaker 27. Dual Enhancer

2. Plate Reverb 15. Tremolo/Panner 28. Stereo Enhancer

3. Vintage Reverb 16. Delay & Chamber 29. Dual Exciter

4. Vintage Room 17. Chorus & Chamber 30. Stereo Exciter

5. Ambience 18. Flanger & Chamber 31. Stereo Imager

6. Gated Reverb 19. Delay & Chorus 32. Dual Guitar Amp

7. Reverse Reverb 20. Delay & Flanger 33. Stereo Guitar Amp

8. Stereo Delay 21. Dual Graphic EQ 34. Dual Tube Stage

9. 3-tap delay 22. Stereo Graphic EQ 35. Stereo Tube Stage

10. Stereo chorus 23. Dual TruEQ 36. Dual Pitch

11. Stereo Flanger 24. Stereo TruEQ 37. Stereo Pitch

12. Stereo Phaser 25. Wave Designer

13. Mood Filter 26. Precision Limiter
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7.8  Mute Group Screen
The mute group screen allows for quick assignment and control of the console’s 
6 mute groups, and offers two separate functions:

1. It mutes the active screen during the process of assigning channels to mute 
groups. This ensures that no channels are accidentally muted during the 
assignment process during a live performance.

2. It offers an additional interface for muting/unmuting the mute groups in 
addition to the dedicated mute group  buttons at the bottom of the console. 

When activated, the mute screen only covers the bottom portion of the 
main display, allowing the middle portion to continue displaying its usual 
screen content. 

To assign channels to one of the 6 mute groups, perform the following steps:

1. Press the Mute Group button to switch the main display to the mute 
groups view. 

2. Press and hold the desired mute group button (1-6) on the lower right hand 
corner of the console.

3. While holding the mute group button, press the select keys of any input or 
output channel, on any layer, that you wish to assign to the mute group.

4. When you have assigned all the desired channels to the mute group, 
release the dedicated mute group button. The individual channel mute 
buttons will resume their normal function. 

To use the mute groups screen to mute/unmute the groups, perform the 
following steps:

1. Tap any of the six encoders to mute the corresponding group, and thus mute 
all channels that are assigned to that mute group. 

2. Tap the encoder of a currently muted group to “un-mute” the mute group.

3. When finished working with mute groups, tap the Mute Group screen button 
to exit the mute groups screen. The entire screen will again display its full set 
of controls for whatever page it was previously on. 
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7.9  Utility Screen
The utility screen is a supplemental screen designed to work in conjunction 
with the other screens that may be in view at any particular moment. The utility 
screen is never seen by itself, it always exists in the context of another screen.

To reinforce this point, when the utility screen button is pressed, it illuminates at 
the same time that another screen button is also illuminated, showing you which 
screen it is providing extra utilities for. For most screens, pressing the utility 
button simply acts as a shortcut to a page that can be navigated to by other 
means. In a few cases, a utility page provides extra utility functions not seen 
anywhere else.

The utility button works in the following manner with the other screens on 
the console:

Channel Preamp Screen: 

1. Home Page: Takes the user directly to the channel tab of the library screen.

2. Config Page: Provides an interface for assigning a custom color, icon, and 
name to the input or output channel. 

•	 Adjust and tap the 6 encoders to assign a color, name, and icon to the 
currently selected input or output channel. Tap the 6th encoder to exit 
and save the changes.

•	 By assigning custom names to each channel, which are then displayed 
in the channel LCD displays, the console achieves superior user-
friendliness. For example, Input 1 can display “kick drum” and show a 
kick drum icon, while output channel 5 can display “Tom’s monitor mix” 
and show an icon of stage monitor. 

3. All other pages: Takes the user directly to the channel tab of the 
library screen.

USB Screen: Takes the user directly to the “select folder” tab of the USB screen.

Monitor/Talkback Screens: There are no utility functions for any of the 
different pages of the monitor screen.

Scenes Page: Provides an interface for copying, pasting, loading, and saving 
different scenes in the scene list. Adjust and tap the six rotary encoders to 
perform these functions.

Custom Screen: There are no utility functions for any of the different pages of 
the custom screen.

Meters Screen: There are no utility functions for any of the different pages of 
the meters screen.

Routing Screen: Takes the user directly to the routing tab of the library screen.

Setup Screen: There are no utility functions for any of the different pages of the 
setup screen.

Library Screen: There are no utility functions for any of the different pages of 
the library screen.

Effects Screen: Takes the user directly to the effects tab of the library screen.
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“View” Based Screens

The screens described in the following sections are all “View” based screens. 
They are navigated to by pressing the “View” button in various sections of the 
console top panel.

7.10  Monitor/Talkback Screens: 
The monitor screen is selected by pressing the “View” button of the top panel’s 
monitor section, as well as the “View” button of the top panel’s talkback section. 
The screen controls various aspects of the console’s solo bus, control room 
outputs, and talkback section. 

The monitor/talkback screen contains the following separate tabs:

Monitor: This screen controls various solo options, dimming, speaker delay, 
and sources for the control room output. 

Talkback A: This screen controls various adjustments for the talkback A path 
of console.

Talkback B: This screen controls various adjustments for the talkback B path 
of console.

Oscillator: This screen offers various controls for the onboard oscillator and how 
it is routed throughout the console.

7.10.1  Monitor/Talkback Screen: Monitor Tab: 

The monitor tab controls various console options related to the solo bus, as well 
as the console’s control room outputs. These options include various solo 
settings, speaker dimming, speaker delay, and selection of sources for the control 
room output.

To adjust the various settings on the monitor tab, perform the following steps:

1. Adjust the 1st encoder to change the gain of the monitor signal. This digital 
gain stage occurs as a first preliminary level control, before the top panel’s 
analog-based monitor level control. A display above the encoder shows the 
currently set gain value in dB.

•	 A multi-segment level meter is displayed on the color screen to allow for 
proper gain staging of the monitor signal.

2. Adjust the 2nd encoder to scroll through the various solo methods 
available to the console when audio is routed to the solo bus. 
Available options include:

•	 Exclusive (Last): In this mode, pressing another solo button disengages 
the previous solo.

•	 Solo Follows Select: When this method is selected, the audio of the 
currently selected channel will automatically be sent to the solo bus. 
Since a user will often select a channel to adjust its dedicated DSP 
controls, this method is useful because the audio of the channel will 
now already be feeding the solo bus where it can be monitored with 
headphones in a live sound environment.  

•	 Select Follows Solo: When this method is selected, any channel that is 
soloed will automatically become the currently selected channel. 

•	 Channel Solo AFL: With this method, the channel and select button do 
not have any correlation to each other. When a channel’s solo button 
is pressed, its audio is sent to the solo bus in “after-fader listen” mode, 
reflecting the current level of the channel fader and any channel DSP 
that has been applied.

•	 Mix Bus AFL/PFL: This toggles the AFL/PFL setting for the mix 
buses when they are soloed (as opposed to the soloing of a single 
input channel).  

•	 DCA Group AFL: This puts the contents of a soloed DCA group into after-
fader listen mode when the solo button is pressed on a DCA channel. 

•	 Use Master Fader: This allows the Main Fader/mute button to control the 
solo/mon output. 

3. Tap the 2nd encoder to select and assign the currently chosen solo option.

4. Adjust the 3rd encoder to adjust the amount of digital delay that is applied to 
the control room signal path. The display on the screen will show the current 
amount of delay in feet, meters, and milliseconds.

5. Tap the 3rd encoder to toggle the delay function on/off.

TIP: The delay function is useful for aligning the sound of audio monitored 
through headphones or speakers used at the Front-of-House position with audio 
that is coming from the stage location. 

By delaying the control room audio, it can be brought into alignment with 
the slightly delayed audio that has to travel from the stage to the Front of 
House position. 

6. Adjust the 4th encoder to set the amount of volume reduction that occurs 
when the control room bus has its “dim” function enabled. The amount of 
volume reduction ranges from -40 dB to 0 dB (no change).

7. Tap the 4th encoder to toggle the dim function on/off.

8. Adjust the 5th encoder to adjust the volume trim for the source currently 
feeding the control room bus, allowing it to be level/matched with other 
sources. The amount of trim can be adjusted from -20 dB to +20 dB.

9. Tap the 5th encoder to toggle the control room between mono and stereo 
operation. This is very useful in a studio context for checking how a mix 
sounds when played back on a mono speaker such as a clock radio.

10. Adjust the 6th encoder to select what specific signal source to monitor in the 
control room bus. Choices include:

•	 Off (No source)

•	 LR Bus

•	 LR + C/M

•	 LR PFL (pre-fader listen solo bus)

•	 LR AFL (after-fader listen solo bus)

•	 Auxiliary returns 5/6

•	 Auxiliary returns 7/8

11. Tap the 6th encoder to activate the signal source that has been chosen.
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7.10.2  Monitor/Talkback Screen: Talkback Tabs: 

The talkback tabs offer various adjustments for the talkback paths of the console, 
such as destination of the talkback signal and more.

To adjust the various settings on the Talkback A tab, perform the following steps:

1. The screen displays a multi-segment level meter showing the signal strength 
of the talkback signal as it has currently been set. It also displays a multi-
segment gain reduction meter, showing the user how much compression has 
been automatically applied to the talkback signal to keep its level even to 
the recipient. 

2. Tap the 1st encoder to enable the talkback circuit. The internal/external 
talkback microphone will now transmit audio to the Talkback A path’s 
assigned destination. 

3. Tap the 2nd encoder to switch the talkback circuit from the internal talkback 
to the external microphone connector. A 2nd tap of the encoder switches the 
console back to using the internal talkback microphone.

4. Adjust the 3rd encoder to set the gain of the talkback A signal. This is an 
additional gain stage that follows the initial gain stage set by the top panel 
Talk Level knob.

5. Tap the 3rd encoder to toggle on/off the talkback circuit’s “auto-dim” 
function. This function is useful in a studio setting, and will automatically 
dim the control room outputs when the talkback circuit is active. 
This prevents a feedback loop from occurring between the talkback 
microphone and the nearby studio monitors. 

6. Adjust the 4th encoder to scroll through the various talkback destinations, 
which include:

•	 Mix Bus 1-16 

•	 LR Bus

•	 Center/Mono Bus

7. Tap the 4th encoder to activate any talkback destination when it is currently 
selected. Multiple talkback destinations can be selected, allowing the 
talkback signal to reach many destinations at the same time.

8. Tap the 5th encoder to toggle the dedicated top-panel talkback buttons 
between latching and non-latching operation. 

9. Adjust the 6th encoder to adjust the brightness of the lamp that is connected 
to the console’s top-panel lamp connector.

10. Tap the 6th encoder to toggle the attached lamp on/off.

All controls for the talkback B tab work as described above, but pertain to the 
talkback B signal path.

7.10.3  Monitor/Talkback Screen: Oscillator Tab: 

The oscillator tab offers controls for the console’s onboard oscillator, a very handy 
tool that can be used for setting up PA systems and testing various signal flow 
paths without the need for a live source feeding a microphone. Settings include 
oscillator type, frequency, volume, and routing destinations. 

To adjust the various settings on the Oscillator tab, perform the following steps:

1. Adjust the 1st encoder to set the level of the onboard oscillator.

2. Tap the 1st encoder to toggle the onboard oscillator on/off.

•	 The color screen displays a multi-segment level meter that show the 
current level of the oscillator.

3. Adjust the 2nd encoder to set the frequency of the primary 
onboard oscillator.

4. Adjust the 3rd encoder to set the frequency of the alternate 
onboard oscillator.

5. Tap the 3rd encoder to alternate between the 2 onboard oscillators. 

6. Adjust the 4th encoder to select the type of oscillator to be used. 
Choices include:

•	 Sine Wave

•	 Pink Noise

•	 White Noise

7. Tap the 4th encoder to engage the selected oscillator type.

8. Adjust the 6th encoder to select a destination for the onboard oscillator. 
Choices include:

•	 Mix Bus 1-16

•	 Main L Bus

•	 Main R Bus

•	 Main L+R Bus

•	 Main Center/Mono

•	 Matrix Outputs 1-6

9. Tap the 6th encoder to assign the selected oscillator destination.
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7.11  USB Screen
The USB screen controls various aspects of the console’s onboard audio file 
player/recorder, allowing the user to record stereo audio to an attached 
USB drive, as well as playback audio files from the drive through the console.  

The USB screen contains the following separate tabs:

Home: This screen provides a general overview of the USB record/playback 
interface.

Config: This screen allows configuration of the various parameters associated 
with recording to and playback from the USB drive, such as audio paths, 
record folders, etc. 

7.11.1  USB Screen: Home Tab:  

The USB screen’s home tab provides a general overview of the recording/playback 
process for audio files residing on the attached USB drive. It offers a basic set of 
transport controls, as well as metering and a list of files available for playback. 

To adjust the various settings on the USB screen’s home tab, perform the 
following steps:

1. Tap the 1st encoder to stop playback of the audio file. 

2. Tap the 2nd encoder to play back audio from the currently loaded audio file.

3. Tap the 3rd encoder to rewind the audio.

4. Tap the 4th encoder to fast forward the audio.

5. Tap the 5th encoder to record audio from the currently configured audio 
path, to the attached USB drive. 

6. Rotate the 6th encoder to select an audio track from the currently attached 
USB drive. 

7. Tap the 6th encoder to begin playback of the selected audio file. 

A list of available audio files is displayed on the right hand side of the screen. 
When the currently loaded track finishes playback, the next track in the list will 
begin playback. This allows assorted audio tracks on the USB drive to be played 
back in sequence and used as “break music” during a break in the band’s set.

The USB screen’s home tab also contains the following helpful displays:

•	 Stereo meter displays for the recorder input level

•	 Stereo output meters for the playback level of the file currently 
playing back

•	 A list of available tracks on the attached USB drive

7.11.2  USB Screen: Configuration Tab

The configuration tab allows setting up all aspects of the stereo recorder. In this 
screen, one can select audio paths to feed to the recorder and adjust the level of 
incoming audio.

To adjust the various settings on the USB screen’s configuration tab, perform the 
following steps:

1. Tap the 1st encoder to select a folder to save the recorded audio files to. 

•	 A pop-up window appears, displaying all available folders on the 
attached drive. 

•	 Rotate the first encoder to select an available folder.

•	 Tap the first encoder to select the currently highlighted folder.

•	 Tap the 2nd encoder to select the folder and return to the 
main interface.

2. Rotate the 2nd encoder to adjust the input trim for the currently selected 
channel of the stereo recorder. A stereo input meter on the left side of the 
screen shows the current input level. 

3. Tap the 2nd encoder to select the left or right input of the stereo recorder for 
further configuration.

4. Rotate the 3rd encoder to select the category of input to feed to the currently 
selected channel of the stereo recorder. Choices include:

•	 Main (LRC)

•	 Mix Bus

•	 Matrix

•	 Direct Out

•	 Monitor
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5. Rotate the 4th encoder to select the specific signal source to feed the 
currently selected channel of the stereo recorder. Choices include:

•	 Main L

•	 Main R

•	 Main C/M

•	 Any of the 16 Mix Bus Outputs 

•	 Any of the 6 matrix outputs

•	 Any of the 32 direct outputs

•	 Direct Outputs Aux 1-8

•	 Any of the FX Direct Outputs 

•	 Monitor L

•	 Monitor R

•	 Talkback

6. Rotate the 5th encoder to select the signal tap point that the selected audio 
path is tapped from when feeding currently selected channel of the stereo 
recorder. Choices include:

•	 Pre EQ

•	 Post EQ

•	 Pre-Fader

•	 Post-Fader

7. Tap the 6th encoder to toggle the “playback folder” mode on/off.

•	 When playback folder mode is OFF, the transport will stop after playing 
the currently selected audio file. This is useful for situations like 
triggering audio cues or sound effects in a theatrical setting.

•	 When playback folder mode is ON, the transport will continue playing 
back all audio files residing in the currently selected folder one by one. 
This is useful for playing back several songs during a break in the main 
set, allowing the attached USB drive to act as a source for “break music”.
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7.12   Assign Screen
The assing screen allows setup for the 4 user-assignable rotary encoders and 
eight user-assignable buttons. Using this screen, the console operator can assign 
3 sets of 12 custom controls to be available for adjustment at all times. 

The assign screen contains the following separate tabs:

Home: This screen provides a general overview of the 12 assigned controls for all 
three control sets at the same time. 

Set A: This screen allows assignment of different console parameters to the 
12 custom controls for set A. 

Set B: Works as described above but for custom controls set B.

Set C: Works as described above but for custom controls set C.

7.12.1  Assign Screen: Home Tab

The assign screen’s “home” tab provides a visual overview of the 12 assigned 
controls for all three sets at the same time. 

The home tab offers visual feedback of the controls that have been assigned to 
all three sets of custom controls, without having to bank between the three sets 
one-by-one or relying on the abbreviated syntax shown in the custom control’s 
dedicated LCD displays.  

To adjust the various settings on the home tab, perform the following steps:

1. Rotate any of encoders 1-5 to move screen focus to the different custom 
assignable encoders and buttons in the A, B, and C sets. The controls 
currently selected with each of the four encoders are highlighted with a 
green outline. 

2. Tap any of encoders 1-5 to switch to the edit screen for the specific custom 
control that was highlighted on the home tab screen.

7.12.2  Assign Screen: Set A Tab

The “Set A” tab allows mapping of specific console parameters to the 8 assignable 
buttons and 4 assignable rotary encoders. Using this screen, the user can map 
the exact parameters that are most useful to them to the desired controls, in the 
desired order.

To adjust the various settings on the set A tab, perform the following steps:

1. Adjust the 1st encoder to select the color used for the LCD screens within that 
set. 

2. Adjust the 2nd encoder to select which of the 12 assignable controls in set A 
you wish to map a parameter to. Choices include encoders 1-4 and buttons 
5-12. 

3. Adjust the 3rd encoder to scroll through a list of parameter categories 
that the selected assignable control can be mapped to. Choices for the 
buttons include:

•	 Not Assigned

•	 Jump to Page

•	 Mute Channel

•	 Inserts 

•	 Effect button

•	 MIDI

•	 Remote

Choices for the encoders include:

•	 Not Assigned

•	 Panorama

•	 Sends

•	 Dynamics

•	 FX Parameters

•	 MIDI

•	 Remote

4. Tap the 3rd encoder to assign the selected. 

5. Adjust the 4th encoder to scroll through a list of parameters that can be 
mapped to the currently selected assignable control.

6. Tap the 4th encoder to assign the selected parameter. 

7. Adjust the 5th encoder to select from additional parameters that can be 
mapped to the assignable controls. 

Assign Screen: Set B Tab and Set C tabs

The Assign screen’s “Set B” and “Set C” tabs works as described above, but are 
used to configure the set B and set C controls instead of the set A controls.
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7.13  Scenes Screen
The scenes screen allows setup for saving and recalling different memory scenes 
of the console. The comprehensive recallability of the console (including gain 
settings for the digitally controlled mic preamps) is one of the most powerful 
aspects of the console. 

The scenes screen contains the following separate tabs:

HOME: This screen contains a general overview of the scenes contained in the 
console, along with their custom names and what parameters are included in 
each scene.

MIDI: This screen allows the console to associate different scenes with incoming 
and outgoing MIDI messages, allowing the console’s scene changes to control or 
be controlled by external MIDI equipment. 

PARAMETER SAFE: This screen configures which console parameters are and are 
not saved/switched with the console scenes. 

CHANNEL SAFE: This screen configures which console channels are and are not 
changed when a console scene change occurs. 

7.13.1  Scenes Screen: Home Tab

The scenes screen’s home tab shows a general overview of the scenes that 
have been configured in the console, along with their custom names and what 
parameters are included in each scene. 

For a setting where scenes are used heavily and are very critical (such as a theater 
performance), this would be a good screen to leave on at all times so that the 
console operator can be completely sure, at all times, what scene the console 
currently resides on and what scene will come up next when the “Go” button 
is pressed.

To adjust the various settings on the home tab, perform the following steps:

1. Rotate the 1st encoder to scroll among the available scenes in the scenes list, 
which is displayed on the left side of the color screen.

2. Tap the 1st encoder to “go” to the currently selected scene in the list, 
switching the console to the state it was in when that scene was stored

3. Rotate the 2nd encoder to select a scene in the list to be “skipped” 
when cycling through scenes using the Prev and Next buttons.

4. Tap the 2nd encoder to complete the “skip” command on the currently 
selected scene. That scene will now be skipped when scrolling through 
the list. 

5. Rotate the 3rd encoder to scroll back through recent changes.

6. Tap the 3rd encoder to undo the recent change.

7. Rotate the 4th encoder to select a slot to save a new scene.

8. Tap the 4th encoder to complete the save operation. The console’s current 
state will be overwritten on the scene number that was selected with 
the encoder.

9. Rotate the 6th encoder to select which aspects of the console’s routing 
are made “safe” from a scene change, and will be unaffected by any scene 
changes that occur. Routing choices that can be safed include:

•	 Routing

•	 Output Patch

•	 Mic Preamp Gain (HA, short for head-amplifier)

•	 Configuration

•	 Channel Processing

•	 Mix Buses

•	 Effects

•	 Talkback

10. Tap the 6th encoder to select any of the above choices as the encoder 
rotation is used to select them. Multiple categories can be selected at the 
same time.

7.13.2  Scenes Screen: MIDI Tab

This MIDI tab of the scenes screen allows the console to associate different 
scenes with incoming and outgoing MIDI messages, allowing the console’s scene 
changes to control or be controlled by external MIDI equipment. 

For instance, the user could configure the console to issue a MIDI program 
change message as each new scene is recalled, with the outgoing MIDI message 
triggering a new scene of a MIDI-equipped lighting controller.

Conversely, the user could configure the console to change scenes in response 
to an incoming MIDI program change message, allowing the console to 
switch to a new audio scene when a new scene is recalled on a MIDI-equipped 
lighting controller. 

To adjust the various settings on the MIDI tab, perform the following steps:

1. Rotate the 1st encoder to select a scene to edit. 

2. Tap the 2nd encoder to “safe” the console from any incoming MIDI messages, 
preventing the console from switching scenes in response to MIDI data.

3. Rotate the 3rd encoder to select what type of MIDI event is transmitted by 
the console when a scene change is issued. The choices include:

•	 Off (No MIDI event)

•	 MIDI program change

•	 MIDI control change

•	 Note

4. Encoders 4,5 and 6 adjust the channel, number, and velocity (if applicable). 

The color screen displays the MIDI data associated with the currently 
selected scene.
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7.13.3  Scenes Screen: Parameter Safe Tab

The scenes screen’s “parameter safe” tab configures which console parameters 
are and are not saved/switched with the console scenes. This is very useful 
when the operator has certain parameters that they wish to remain in control 
of, and would never want to have altered during a scene change, for example, 
the mic pre gains on the input channels. 

To adjust the various settings on the Parameter Safe tab, perform the 
following steps:

1. Rotate any of the first 4 encoders to navigate among the checkboxes in the 
color screen, which represent various console areas that can be isolated from 
scene changes.

2. Tap any of the first 4 encoders to select the console areas that have been 
selected with the encoders. In each of the four columns, multiple console 
areas can be selected and isolated from scene changes. 

The following areas of the console can be isolated from scene changes, and are 
divided up into 4 columns on the color screen:

Column 1: Input Channels

•	 HA (Head Amp/Microphone Preamp) 

•	 Configuration

•	 Channel Equalizer

•	 Channel Gate/Compressor

•	 Channel Insert

•	 Channel Groups

•	 Fader, Pan, Mute, Mix Ons

Column 2: Input Channels 

•	 Mix sends 1-16

Column 3: Mix Buses

•	 Mix sends 1-16

•	 Configuration

•	 Equalizer

•	 Compressor

•	 Insert

•	 Groups

•	 Fader, Pan, Mute, Matrix Ons

Column 4: Console

•	 Configuration

•	 Solo

•	 Routing

•	 Output Patch

7.13.4  Scenes Screen: Channel Safe Tab

The scenes screen’s “channel safe” tab configures which console channels are 
and are not changed when a console scene change occurs. This allows the 
user to “protect” certain channels from ever changing during a scene change, 
giving them as much control as possible for key audio sources.

For example, in a theater context, the console operator may have dialed in just 
the right EQ and compressor settings and channel volume for the voice of the lead 
actor, and does not wish to have them altered when the console changes scenes 
and alters various parameters.  

To adjust the various settings on the Channel Safe tab, perform the 
following steps:

1. Rotate any of the 6 encoders to navigate among the check boxes in the color 
screen, which represent various groups of channels that can be isolated from 
scene changes.

2. Tap any of the 6 encoders to select the console areas that have been 
highlighted with the encoders. In each of the 6 columns, multiple console 
areas can be selected and isolated from scene changes.

The following areas of the console can be isolated from scene changes, and are 
divided up into six columns on the color screen:

Column 1: Channels 

•	 Input Channels 1-16

Column 2: Channels 

•	 Input Channels 17-32

Column 3: Buses

•	 Aux 1-8

•	 FX 1L through 4R

Column 4: Returns

•	 Mix 1-16

Column 5: Main/Matrix/Groups

•	 Matrix 1-6

•	 LR Bus

•	 Center/Mono Bus

•	 DCA groups 1-8

Column 6: Effects Slots

•	 FX 1-8
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8.  Specifications
Processing

Number of input processing channels 32 input channels, 8 aux channels, 8 fx return channels
Internal effects engines, true-stereo / mono 8/16
Internal total recall scenes (incl. preamp and fader) 100
Signal processing 40-bit floating point
A/D-D/A conversion 24-bit @ 44.1 / 48 kHz, 114 dB dynamic range
I/O latency (console input to output) 0.8 ms
Network latency (stagebox in > console > stagebox out) 1.1 ms

Connectors

XLR inputs, programmable mic preamp, designed by MIDAS 32
Talkback mic input, XLR 1
RCA inputs/outputs 2/2
XLR outputs 16
Monitoring outputs XLR / ¼" TRS balanced 2/2
Aux inputs/outputs, ¼" TRS balanced 6/6
Phones outputs, ¼" TRS 2 (stereo)
Digital AES/EBU output, XLR 1
AES50 ports, Supermac 2
Expansion card 32 channel audio input/output, various standards
P-16 connector, Ultranet (no power supplied) 1
MIDI inputs / outputs 1/1
USB Type A, top panel, for audio and data export/import 1
USB Type B, rear panel, for remote control 1
Ethernet, RJ45, rear panel, for remote control 1

Mic Input Characteristics 
Design MIDAS 

THD + noise, 20 dB gain, 0 dBu out < 0.006% A-weighted 
Input impedance XLR, unbal. / bal. 5 kΩ / 10 kΩ 
Non clip maximum input level, XLR +23 dBu 
Phantom Power, switchable per input 48 V 
Equivalent input noise level, XLR (input shorted) -128 dBu 
CMRR, XLR, @ 20 dB gain (typical) > 70 dB 
CMRR, XLR, @ 40 dB gain > 80 dB 
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Input/Output Characteristics 
Frequency range, @ 48 kHz sample rate, 0 dB to -1 dB 10 Hz - 22 kHz 
Dynamic range, analog in to analog out (typical) 106 dB 
A/D dynamic range, preamp and converter (typical) 109 dB 
D/A dynamic range, converter and output 108 dB 
Cross talk rejection @ 1 kHz, adjacent channels 100 dB 
Output level, XLR, nom./max. +4 dBu / +21 dBu 
Output impedance, XLR, unbal. / bal. 75 Ω / 75 Ω 
Input impedance TRS Jack, unbal. / bal. 20 kΩ / 40 kΩ 
Non clip maximum input level, TRS +16 dBu 
Nominal output level, TRS +4 dBu / +16 dBu 
Output impedance, TRS, unbal. / bal. 150 Ω / 300 Ω 
Phones output impedance / level 40 Ω / +25 dBm (stereo) 
Residual noise level, XLR and TRS -87 dBu A-weighted 

Display

Main screen 7", 800 x 480, 262k color TFT
Channel LCD screen 128 x 64, LCD with RGB color backlight
Main meter  24-segment (-57 dB to clip)

Power

Switch-mode power supply Autorange 100-240 V (50/60 Hz)
Power consumption 120 W

Physical

Dimensions 35.4 x 20.8 x 7.9" / 900 x 528 x 200 mm
Weight 45.4 lbs / 20.6 kg
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Dimensions
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Top view
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FEDERAL COMMUNICATIONS 
COMMISSION COMPLIANCE 
INFORMATION

Responsible Party Name: MUSIC Group Services US Inc.

Address: 18912 North Creek Parkway, 
Suite 200 Bothell, WA 98011, 
USA

Phone/Fax No.: Phone: +1 425 672 0816 
Fax: +1 425 673 7647

X32 DIGITAL MIXER

complies with the FCC rules as mentioned in the following paragraph:

This equipment has been tested and found to comply with the limits for a Class B 
digital device, pursuant to part 15 of the FCC Rules. These limits are designed 
to provide reasonable protection against harmful interference in a residential 
installation. This equipment generates, uses and can radiate radio frequency 
energy and, if not installed and used in accordance with the instructions, may cause 
harmful interference to radio communications. However, there is no guarantee that 
interference will not occur in a particular installation. If this equipment does cause 
harmful interference to radio or television reception, which can be determined 
by turning the equipment off and on, the user is encouraged to try to correct the 
interference by one or more of the following measures:

•	 Reorient or relocate the receiving antenna.

•	 Increase the separation between the equipment and receiver.

•	 Connect the equipment into an outlet on a circuit different from that to which the 
receiver is connected.

•	 Consult the dealer or an experienced radio/TV technician for help.

This device complies with Part 15 of the FCC rules. Operation is subject to the 
following two conditions:

(1) this device may not cause harmful interference, and  
(2) this device must accept any interference received, including interference that may 
cause undesired operation.

Important information:

Changes or modifications to the equipment not expressly approved by MUSIC Group 
can void the user’s authority to use the equipment.

X32 DIGITAL MIXER
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