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Welcome to the world of Lawo.

Dear Customers,

The extraordinary sports events of 2014 have seen Lawo IP-
based video and audio solutions chosen by host and national 
broadcasters, as well as production companies providing 
programming for worldwide TV and radio audiences. At the 
largest international events in Russia and Brazil, Lawo also served 
the crowds and contests outdoors and in public spaces.

From our home in Germany, we have the pleasure of providing 
broadcasters around the world with a growing range of video and 
audio products and solutions. Over recent years, we have seen 
the transition from analog to digital working evolve into adapting 
broadcast to IP infrastructures and the arrival of the AES67  
IP standard – developments that have allowed us to set the pace in 
developing a technological base using the RAVENNA standard to 
support workflow optimization and develop completely new ways 
to produce broadcast content. 

Feeds can now be uploaded to the IP cloud to be collected 
anywhere that there is network access. Cameras at a football 
ground no longer need individual cabling to an OB van, but only 
to be connected to the cloud – one cable into a venue is now 
sufficient to allow OB vans to share original feeds. This IP network 
can also be readily expanded, and cabling can be set up and 
changed by a mouse click. The adoption of IP working is certain to 
boost efficiency in production of TV programs on all levels.

These developments enable international sports events to be 
covered using remote live production – for example, a Lawo setup 
used by Germany’s national public broadcasters at a rooftop 
studio at the Copacabana in Rio de Janeiro allowed broadcasts 
to be mixed from a studio at the International Broadcast Center  
35 km away. 

Another benefit of adopting this new standard is to protect 
broadcasters’  investments, as their facilities and mobile units can 
integrate systems from different manufacturers.

Lawo has anticipated and promoted this development by 
integrating it into our products and promoting RAVENNA  
IP technology to broadcasters – our video products are already 
based on IP technology. Lawo’s innovations are shaped to advance 
broadcasters’  technologies, and to provide constant improvements 
in quality, user-friendliness and workflow efficiency.

Thank you for your continued confidence in Lawo. I look forward 
to our ongoing working relationship.

I wish you pleasure in reading this Lawo product catalog.

Yours,
Philipp Lawo
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Lawo designs and manufactures pioneering audio and video technology for TV and radio 
broadcast production, and post production, as well as live performance and theatrical 
applications. Products include digital audio mixing consoles, routers, video processing 
tools as well as IP-based video and audio transport solutions. The company’s high standards 
of quality and technological innovation are supported by decades of experience in the field 
of professional broadcast technology.

About Lawo — Profile.

Lawo’s product range covers digital audio mixing consoles 
for use in radio, broadcast, production and live applications. 
In addition to the provision of video processors and –routers, 
matrix systems and audio networks, Lawo undertakes project 
engineering tasks, offering a full range of services including 
user training and maintenance. The company’s expertise 
provides comprehensive support for all customers.

For best results, we listen carefully.
At Lawo, we listen carefully to our clients, so that we can better 
serve their needs. We find solutions by using our technical 
know-how and experience to build systems that are adapted 
perfectly to a required application. Our constantly expanding 
product range can be combined to create custom systems — an 
audio control room, a central routing installation, a video suite, 
a commentary workplace, an OB truck or a complete broadcast 
facility.

Innovation is our passion.
From the outset, Lawo has been an innovative company with a 
strong R&D department — a department that keeps improving 
the company’s products, as well as designing new components 
for an ever-increasing product range. Our finger is permanently 
on the pulse of the industry, so we can use this knowledge to 
continue the development of innovative products and solutions.

Quality is the basis of our success.
Lawo relies on the highest quality in all areas. Our perception 
of quality is not confined to the manufacture of outstanding 
products, but includes reliable project management, optimum 
customer orientation, efficient cost management and a 
responsible attitude to society and to the environment.

Vertical integration guaranteed.
A key aspect of the Lawo organization is the particularly 
high level of vertical integration. With this, we are able to 
apply our experience at each production stage to ensure the 
implementation of our extremely high standards. Thanks to 
this fundamental production philosophy, we can ensure the 
professional maintenance of all Lawo products, even after 
many years of operation.

Made in Rastatt / Germany.
Lawo sees itself as a modern company that is obliged to confirm 
the quality requirements associated with the coveted “Made in 
Germany” tag. This is why innovations that offer genuine added 
value and meticulous standards of manufacturing are important 
to us. It is only in this way that we can fulfill our self-imposed 
objective: we want to be the reliable and trusted partner that 
provides customers with universal solutions to their challenges.





About Lawo — Landmarks.

04 05

The beginnings.
Before founding an electronic equipment company in 1970, 
Peter Lawo was an R&D manager for radio and navigation 
systems. With the development of special devices for electronic 
sound processing (ring modulator, vocoder, halaphon), Lawo 
entered the field of audio engineering. In the 1970s, analog 
modules and modular mixing consoles were developed and 
built for broadcasters in the German-speaking countries.

Hybrid technology.
At the beginning of the 1980s, the young company was working 
on digital electronics. Supported by a group of sound engineers 
from a local broadcaster, a programmable audio mixing console 
(PTR), with analog signal processing and digital control was 
designed. The console met the strict technical requirements of 
the German Institute for Broadcast Technology and, because 
of its integral software control, it was possible to adapt the 
console to a customer’s individual specifications.

Digital mixing consoles.
Based on experience with a hybrid audio mixing console, Lawo 
developed the fully-digital and modular mc series in the early 
1990s. This included the mc50 for ambitious on-air and small 
studio productions, and the mc80/82 for broadcast applications 
including music and drama recording, post production and 
outside broadcasts.

mc² technology.
In 1998, Lawo achieved a technological breakthrough via 
systematic development. The new mc² series made it possible 
to interlink and route, using linear audio signals, practically all 
audio components in a system.

It runs in the family.
In 1999, Philipp Lawo, Peter Lawo’s son, became CEO of Lawo 
AG. Peter Lawo joined the supervisory board.

Audio networking.
Through listening to our customers, we are developing new digital 
mixing consoles and matrices that merge our accumulated 
experience and the knowledge of end-users’ requirements with 
our know-how and innovative spirit. The current range of audio 
technology and routing systems covers all audio applications in 
a radio station or production studio. With our competence in 
establishing audio networks, we can offer our clients innovative 
solutions for the future, today.

RAVENNA — Media over IP networking.
Lawo is developing products that use RAVENNA technology for 
real-time distribution of audio, video and other media content 
in IP-based network environments. Today, all Lawo audio and 
video products are RAVENNA capable systems.

Introducing video.
Starting with audio for broadcast, developing and integrating 
solutions for video broadcast applications was a logical move 
for Lawo. From a strong R & D force, the company assembled 
a team of video engineers with decades of experience in the 
broadcast video domain to develop the V__line series — and 
open a wide field of integrated audio and video solutions 
perfectly tailored to the needs of broadcast professionals. 

Throughout our history, Lawo has always kept learning and looking ahead, making us a pioneer 
partner in the development of digital radio and TV. Constantly communicating with our 
clients, we continue to optimize the ergonomics, functionality and design of our products, 
at the same time developing new products and technologies for future challenges.



Networking — Wherever integrated design and highest efficiency are required. 

As a broadcast engineer, you are constantly confronted with ever more complex requirements. 
All the more reason to find a partner on whom many rely today for solutions that meet the 
challenges of tomorrow. A partner such as Lawo; a company that, early on, recognized the 
growing significance of networked systems, integrated designs and intelligent solutions.



06 07

Advantage 1: 
Unlimited scalability.
Because of the networking capability of Lawo routing matrices, 
virtually unlimited scalability can be achieved. In this way, your 
routing system can be adapted to suit growing requirements 
without problems, and is ideally suited to cope with demands 
of the future; a key consideration in maintaining value and 
return on investment.

Advantage 2: 
Maximum flexibility.
Apart from audio streams and serial data streams, integrated 
system data can also be transferred. Another advantage is the 
comprehensive range of complementary products available — 
from custom panels through to high-performance mixing 
consoles — assuring an optimum upgrade path for your systems.

Advantage 3: 
Highest reliability.
Fault tolerance and high reliability are the key requirements for 
any broadcast network. For this reason, we do not simply attach 
great importance to the quality of our components, we also 
offer many options in terms of redundancy, from doubling-up 
all fiber links through to Star² architecture.

Advantage 4: 
Convincing efficiency.
The efficiency of our broadcast networks is apparent in many 
areas. Unified solutions lead to a high level of everyday suitability, 
pioneering concepts guarantee absolute technical sustainability, 
and our customer-specific approach ensures that you are 
provided with a network that is exactly customized to your 
requirements. Last but not least: with Lawo networking, you 
will achieve a level of cost and time efficiency that will pay 
dividends for years.

Advantage 5:
Leading edge technology for the future.
RAVENNA brings you a solution for the real-time, IP-based, 
transfer of audio, video and other media data. This technology 
can be perfectly integrated in existing network infrastructures, 
using standard technology. RAVENNA stands out with its 
sophisticated design, which completely fulfils the requirements 
of the pro audio industry, convincing users with its low latency, 
full signal transparency and high reliability. Conclusion: The 
establishment of RAVENNA marks a groundbreaking step into 
the future, opening up completely new possibilities for 
broadcast networking.

Networking — Wherever integrated design and highest efficiency are required. 

System solutions:
Because the whole is greater than the sum of its parts.
While individual devices used to be the norm, today’s broadcast 
environment relies on unified designs. For this reason, Lawo 
relies upon a product philosophy that guarantees maximum 
coherency in all areas — as with a jigsaw puzzle, all the 
components fit together to provide a “bigger picture”. In real 
terms this means, for example, that since all mc² mixing 
consoles rely on the same basic technology, they can be linked 
together within a large broadcasting complex. The benefits of 
this Nova73 core system are clear: from the control of various 
mixing consoles through to connection with several OB units, 
you can rely upon maximum flexibility and efficiency with 
Lawo. With the latest R & D efforts, all Lawo components, from 
mc² mixing console cores to routing systems to radio on-air 
consoles to video processing devices, are RAVENNA capable, 
thus offering the opportunity to transfer signals in real time via 
IP networks.

Broadcast networks:
Where it is a question of availability and reliability.
Irrespective of whether it’s a temporary routing system for the 
football World Cup or the permanent networking in a radio 
station, Lawo networking provides solutions whose performance 
has been tried and tested. The most important reasons to 
choose Lawo – particularly for demanding projects — are the 
high availability and reliability, scalability and flexibility that 
are the essential features of a Lawo routing matrix.

Networking:
Intelligent solutions for integrated design.

RTL Media Corner with a network of Lawo equipment, 
Brussels, Belgium.



V__line — Video by Lawo.
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Video in broadcast is more than just pictures. Concentrate on the essentials — the show 
and not the technical considerations. Lawo’s video portfolio of tools includes specialized 
equipment, as well as all-round devices with a small footprint. The video broadcast tools of the  
V__line support your workflow and bring you previously unknown efficiency.



The V__pro 8 — closing the gap between video and audio. Conceptually, the V__pro 8 
resembles a bridge builder. It is a compact, fully digital, eight-channel video processor 
comprising all of the glue features usually needed in the broadcast production workflow. 
Combining video and audio management in a single tool guarantees maximum efficiency 
and greatest operating safety, with significantly reduced space, wiring and cost.

The V__pro 8 is the perfect tool to connect different video 
formats as well as to connect between audio and video. High 
quality cross-format conversion, color correction as well as 
audio embedding and de-embedding make the V__pro 8 a 
compact and powerful video processor, building bridges between 
different worlds and formats. Modern high-density audio 
connections such as RAVENNA and MADI provide efficient video-
to-audio bridges within the studio infrastructure. The V__pro8 
works as a flexible matrix system: using its 8 x 8 video matrix 
and 384 x 384 audio matrix, it is possible to switch any signal 
to any other. A modern GUI based on HTML5 provides an ideal 
interface for easy handling of day-to-day work. Here’s how it 
works: eight high quality 3G SDI de-embedders and a 
corresponding number of embedders are looped into the eight 
video signals according to your preferences. This enables any 
number of audio signals to be used from the video material, and 
new audio signals to be embedded into the video signal. In 
addition, sample rate converters in the embedders enable 
different “reference worlds” between audio and video — a 
simple, reliable and efficient solution.

For perfect synchronization: 
Integrating different signal worlds.

V__pro 8 — Video power on a small footprint. 

The most important highlights:
Everything at a glance.

V__pro 8 highlights:

 Frame synchronization for each channel

 Frame Phaser and Line Phaser mode

 Variable audio and video delays for each channel

 Embedding and de-embedding incl. SRC for each channel

 RGB Color Correction & Proc Amp for each channel

Up /Down / Cross Format & AR Conversion for two channels

Two Surround-to-stereo Downmixer per Embedder

Dolby® E Aligner

Quadsplit Multiviewer

Waveform and Vectorscope display

Timecode Insertion, Test Pattern Generator and Video ID 
Generator for each channel

Multi-Format Video Output

Timecode Generator

Sync Generator

Lip-Sync Measurement

Dolby®-E Decoding / Encoding
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Powerful tools for video processing.

  Video / Audio Router provides an internal 8 x 8 video routing 
matrix and a 384 x 384 audio routing matrix.

  Frame-Synchronizer for syncing incoming independent free 
running signals to the same reference (Blackburst or TriLevel).

  Variable Video & Audio Delays for compensating latencies and 
lip-sync matching between incoming or outgoing audio (up to 
320 ms delay) and video (up to 8 frames delay) signals. In Delay 
Auto Mode the audio delay can be set to automatically follow the 
video delay.

  (De-) Embedding with SRC to embed, de-embed and shuffle 

any of the 16 audio channels within the 8 SDI input/output 
streams simultaneously. Audio interfacing to mixing consoles or 
external audio routers via MADI and RAVENNA.

  Dolby® E Aligner to automatically adjust the timing of Dolby streams.

  Surround Downmix for providing two automated Lawo-quality 
5.1/7.1 to stereo downmixes per embedder.

  Timecode Insertion provides selectable ATC LTC / VITC1 / VITC2 
insertion from an input signal or free run mode or from internal 
Timecode Generator.

  Timecode Generator, Sync Generator

  Test Pattern and Video ID Generator provide video ID insertions 
(text, source, date, timecode, time of day) and color bar test pattern 
as well as a selection of audio test tones and AV Sync test pattern.

  Thumbnail Previewing to provide motion previews of video signals. 
The thumbnails are available via IP and can be displayed on the 
V__pro 8 GUI, external master control systems or PCs.

Optional Features

  High-quality Up / Down / Cross & AR Format Converter for low latency 
conversion of multi-rate 3G / HD / SD-SDI signals to any relevant 
broadcast format. Multi-format video output: an incoming 1080 p 
signal can be converted to 1080i and 720p at the same time. The 
next generation motion-adaptive de-interlacing and scaling 
technology guarantees high image quality.

  Quadsplit Multiviewer provides a high quality video and audio 
monitoring solution with true peak & peak metering, UMD and 
tally support via the unit’s MV video outputs (BNC / Display Port), 
displaying up to four video sources at the same time.

  Waveform and Vectorscope Displays enable measuring and testing 
of video signals and evaluation of video adjustments processed 
within the V__pro 8. 

  RGB & YUV Color-Correction and Proc-Amp to adjust the video 
signal to specific color requirements. High-quality algorithms 
guarantee perfect video signals.

  Lip-Sync Measurement is a high-end measurement tool for 
managing the precise synchronization of audio and video signals.

  Dolby®-E Decoding / Encoding



A Main menu bar

B Monitoring area (e.g. audio metering 
& video monitoring)

A

C

B

D

C Sub menu bar

D Setup area

High usability, intuitive controls.

V__pro 8 — Video power on a small footprint. 

Web-GUI
The V__pro8 can be configured via an 
easy-to-understand HTML 5-based touch 
screen interface that runs directly within 
the web browser. No software installation 
is needed. As a result, you benefit not 
only from state-of-the-art user-guidance, 
but also from elegant animations and 
many practical features such as the 
video channel preview on your GUI. In 
addition, the web-based approach 
enables the user to access all V__line 
devices from anywhere within the 
network — a feature especially useful in 
bigger set-ups or in outside broadcast 
productions with long-distance links.

Optional feature: V__fp1 Front Panel
In addition to the Web GUI, the V__pro8 can be equipped with a 
V__fp1 hardware control panel for direct configuration. It features 
a high-res OLED color display for showing the configuration menu 
and real-time viewing of video sources. In combination with the 
large rotary encoder and a Return / Cancel button this allows quick 
and easy set-up on-site. Ten quick-selection buttons for switching 
sources, a front-panel headphone connector and an USB port for 
saving and loading of configurations complete the V__fp1 user 
interface.

Ember+ Control
The V__pro8 fully supports the Ember+ protocol, enabling the 
device to be controlled by external master control systems like 
BFE’s KSC, Axon’s Cerebrum or LSB’s Virtual Studio Manager. 
This allows operators to easily access multiple device 
parameters along with other routing parameters of the 
broadcast installation via a single, integrated interface. In 
addition, they get access to the V__pro8’s thumbnails and 
peak meters within the VSM desktop environment.

Innovative functions are only useful in 
combination with user-friendly controls. 
Consequently, the V__pro 8 provides three 
convenient ways to control the device:
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The V__pro8 in action:
Signal processing / Glue in OB trucks and studios.

The Classic Way
You can furnish signal processing needs like this …

The Lawo Way
… or integrated like this.

Audio  
In / Out

Audio  
In / Out

Video
In / Out

Video
In / Out

Processing Frame with 18 x 
Synchronizer, Color Correction,  
Up/Down/Cross & Delay cards

Processing Frame with 14 x 
Synchronizer, Color Correction,  
Up / Down/Cross & Delay cards +  

4 x Video Router I / O cards

Processing Frame with  
18 x De-Embedding cards

Processing Frame with  
18 x Embedding,  

Shuffling & Delay cards

Processing Frame with  
14 x De-Embedding cards

Processing Frame with  
18 x Embedding,  

Shuffling & Delay cards +  
4 x Quadsplit Monitor cards

Waveform & Vectorscope  
Display

Time Code Generator

The V__pro8 in action:
Building an ENG vehicle.

The Lawo Way
… or integrated like this.

The Classic Way
You can build an ENG like this …

Audio
Mixer

Video
Mixer

Configuration PCs  
with touch screens 

to control video 
routing, signal 
processing and 
audio mixing.

Processing Frame with  
4 x Frame Synchronizer + 2 x Up /
Down / Cross Conversion cards

Processing Frame with 4 x De-
Embedding cards + 8 x Embedding, 

Shuffling & Delay cards

SPG / Sync Generator

Quadsplit

Video Router

Lawo crystal  
audio mixing core



V__pro 8 — Video power on a small footprint. 

Quadsplit Multiviewer
The integrated Quadsplit Multiviewer 
provides a high-quality video and audio 
monitoring solution via the V__pro8’s MV 
video output (BNC/DisplayPort), dis play-
ing up to four video sources at the same 
time. The audio meters feature absolutely 
precise PPM and true peak PPM metering 
and can be positioned as an overlay, 
inside or outside of the video windows. The 
configurable meter scales provide user-
defined ballistics of the audio bargraphs 
and a user-defined safe operation area. 
Peak hold can be set to manual or auto 
mode. The audio scales can be defined as 
dBFS, BBC, Nordic or DIN. UMD and tally 
support complete the monitoring options 
of the V__pro8’s Quadsplit Multiviewer.

1 Optical MADI ports (2x In / 2x Out)

2 Default IP button

3 Status LEDs (Status, PSU 1 / 2)

4 USB Port (save & load config)

5 Headphone output (audio monitoring) 

6 Return / Cancel button

7 OLED Display (setup & video monitoring)

8 Rotary control (selection & setup)

9  Quick select buttons  
(e.g. menu delegation & video monitoring)

10 Optical MADI ports (2x In / 2x Out)

11 Default IP button

12 Status LEDs (Status, PSU 1 / 2)

13 8x SDI Inputs (3G / HD / SD)

14 8x SDI Outputs (3G / HD / SD)

15 Quadsplit MV Output  
(Display Port 3G / SDI 3G / 1080i)

16 Optical MADI ports (2x In / 2x Out) 

17 2x 1 Gbit Ethernet (Control & Streaming)

18 Video Ref. Input & Loop Thru  
(BB or TriLevel)

19 Video Ref. Output (BB or TriLevel)

20 WordCLK I / O

21 Redundant Power Supplies

A SDI I/Os depending on PPM assignment

B Embedded audio channels

C Peak hold

D SDI In Icon

A

H
G

F

E

D

B
C

E Icon Audio not assigned

F Icon None Mode (PPM is in normal mode)

G Icon True Peak (PPM is in True Peak Mode)

H Audio Meter Type

V__pro8 — Front / rear view.
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Audio/ Video

Video

Audio (MADI / RAVENNA)

Ethernet (Control/Streaming)

Reference

FP Control

Frame
Sync

1 video 
channel

16 audio 
channels

64 audio 
channels

128 audio 
channels

Video Clock

Audio Clock

64 audio 
channels

128 audio 
channels

x8 In

x8 Out

x8 In

Ember+HTML5

x8 Out

SDI In
(3G/HD/SD)

Video
Delay 8x8

Video
Matrix

384x
384

Audio
Matrix

Video
Delay

SRC

MADI In

Audio
Delay x16

Audio
Delay x16

Surround
DownMix

LAN 2

Test
Tone

Volume 
Ctrl

Volume 
Ctrl

PPM/
Loudness
Metering

PPM/
Loudness
Metering

PPM/
Loudness
Metering

Quadsplit
with

PPM/UMD/Tally/Alert

Volume 
Ctrl

Thumbnail 
JPEG

Generator 2

Thumbnail 
JPEG

Generator 1

SRC/
DolbyE 

Aligner x16

Format
Conversion/

3G Conversion

up to 2 channels

Test
Pattern

Color
Correction

Waveform
Metering

Chan ID/
Timecode

D
e-

Em
be

dd
er

Em
be

dd
er

Phase
Detector

RAVENNA
In

SDI Out
(3G/HD/SD)

SDI Out
(3G/HD/SD)

Display
Port

Vid Ref Out
(BB/Tri-L)

WClk
In/Out

Vid Ref 
Loop thru

WClk
In/Out

PC+
WEB

Vid Ref In
(BB/Tri-L)

MADI 
Out

RAVENNA
Out

Audio
Delay x64

Audio
Delay x64

Phase
Detector

Genlock

Realtime
Clock

Timecode
Generator

Audio
Delay x128

Audio
Delay x128

LAN 1

Network
Switch 1

Network
Switch 2

Control
System

x2

x16
x2

future option future option

x8

x2

x8

V__pro8

Technical specifications.

Video Signal Input/Output
  8 x 3G /HD/SD-SDI inputs via BNC connector
  8 x 3G/HD/SD-SDI outputs via BNC connector
  1x 3G/HD-SDI MV output via BNC
  Display Port for local MV monitoring 

Reference Signal Input /Output 
  BB, Tri-Level, WordCLK input via BNC connector
  Loop thru, WordCLK, BB output via BNC connector

Audio Signal Input /Output
  2x MADI / AES10 optical in/out with LC connector 

 via SFP module (front/back)
  RAVENNA*

Network Input /Output
  2x RJ45
  Gigabit Ethernet

Control & Monitoring
  Web-interface
  Ember+ / VSM control
  Front LED status indication 
  V__fp1 Front Panel (optional)
  SNMP

Redundancy
  Redundant power supply
  Redundant MADI (4 MADI connections)
  Redundant RAVENNA connection (future option)

Latency
  SRC disabled, synchronized operation: < 2 msec
  Format conversion: 1 frame incl. de-interlacing
  Quadsplit-Monitoring: 1 frame

Power
  2x Auto sensing 100 .. 240V VAC power supply 50/60 Hz 

 nominal on IEC connector < 100 W

Environmental Data
  Storage temperature -4° F to +158° F (-20° C to +70° C)
  Operating temperature +32° F to +104° F (0° C to +40° C)
  Relative humidity <= 90% non-condensing
  Electromagnetic environment: E2 (EN55103-1,-2)

Frame Mechanics
   Dimensions (H x W x D)  
44mm (1 RU) x 481 mm (19“) x 458mm (18“)

   Weight 4.6kg (10.2lbs)

* Future option
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V__link4 — The all-in-one video-over-IP solution. 

Lawo V__link 4 — the way to contribute production-quality video over IP networks. Conceptually, 
the V__link 4 is designed to provide a one-box-solution for all the requirements of video 
contribution. It includes everything from Video-over-IP coding to various testing and processing 
tools. All designed for one purpose: to provide a tool that increases the flexibility of any 
broadcast application, while saving valuable rack-space, set-up time and production costs.

With the performance and maturity of today’s IP network technology, 
video-, audio- and control-over-IP are becoming the solution of 
choice for many applications. In remote live production, which 
is increasingly regarded as one of the next major steps in the 
evolution of broadcast production, IP is becoming a fundamental 
requirement. Getting reliable, low latency and high-quality video 
from venues back to studios at reasonable cost is an absolute 
necessity for this. But also in “classic” applications like video 
contribution from a stage-box or a stadium to an OB truck or an 
IBC, IP technology provides economic and operational advantages. 

The Lawo V__link4 is the ideal tool for achieving this vision of 
IP-based broadcast production today. The device combines a 
fully bi-directional, four-channel Video-over-IP interface, along 
with all the processing tools usually needed when contributing 
video and audio to a broadcast production.

Signal contribution and remote production:
For realizing tomorrow’s visions already today. 

The most important highlights:
Everything at a glance.

V__link4 highlights:

 4x Video-over-IP Encoding and Decoding

 Frame synchronization for each channel

 Frame Phasing, Line Phasing

 Variable audio and video delays for each channel

 Embedding and de-embedding incl. SRC for each channel

RGB Color Correction & Proc Amp for each channel

Two Surround-to-stereo Downmixers per Embedder

Dolby® E Aligner

Quadsplit Multiviewer

Waveform and Vectorscope display

Timecode Insertion, Test Pattern Generator and Video ID 
Generator for each channel

Timecode Generator

Sync Generator

Lip-Sync Measurement

2x 10Gbit Ethernet and 4x 1Gbit Ethernet (2x incl. PoE)
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The Lawo V__link4 provides four 3G / HD/ SD SDI inputs and  
four 3G / HD / SD SDI outputs for interfacing to external video 
equipment. The device is designed to convert these signals into 
IP streams and vice versa. These streams can be transported  
via standard Layer 3 IP LANs or WANs. The IP-based approach 
allows easy signal routing via the configuration software or via 
external master control systems, e.g. VSM. No rewiring is needed 
as long as all devices are connected to the network. Since the 
device is based on a real network technology with multi-cast 
capability, it allows easy transmission of signals to multiple 
outputs within the network.

The V__link4’s four coding engines are designed to meet the 
highest demands in video quality and signal transport reliability. 
A dual 10Gb Ethernet link, hitless merge switching and robust 
J2K codec, allow the system to overcome any single network 
failure without compromising the data transmission. Format 
and quality of the IP video streams can be configured individually 
to meet the optimal ratio between picture quality, latency and 
bandwidth. The 6 Ethernet ports are connected to an internal 
switch allowing to tunnel through the 10GBit any IP traffic such 
as camera control, RAVENNA streams or even Office and 
internet IP Traffic.

Video-over-IP contribution.

The device supports the following transport modes:

  Raw mode for transparent transport of uncompressed, full 
production quality video with the lowest latency. (Full code stream 
bit rates: HD 1.5 Gbps, 3G 2.97 Gbps)

  Ultra low latency mode for transporting production quality video 
with ultra low latency. (DiracPro Codec, compression ratio 
adjustable between 2.5 :1 and 4 :1, full code stream bit rates: 
HD 500 Mbps — 312.5 Mbps, end-to-end delay incl. encoding 
and de-coding < 29 video lines)

  Very low latency mode* for transporting production quality 
video with very low latency. (JPEG2000 Codec, compression 
ratio adjustable between 5:1 and 20 :1 (10 :1 J2K is considered 
to be visually lossless), full code stream bit rates: HD 250 Mbps 
— 62.5 Mbps, end-to-end delay incl. encoding and de-coding  
< 2.5 frames)

  MJPEG mode for monitoring and IP-TV applications. (MJPEG 
Encoder, quality rate adjustable, full code stream bit rates 
approx. 40 Mbps — 150 Mbps, end-to-end delay with MJPEG 
viewer < 5 frames)

  H.264 mode** for internet and mobile distribution. (H.264 
Encoder, HD or SD resolution per stream, full code stream bit 
rates approx. 1.5 Mbps / 6 Mbps, end-to-end latency typically 
few seconds)

* When working with 3G signals, 2(/3)xJ2K Encoding /Decoding    ** With first release up to 2x H.264 Encoding 



V__link4 — The all-in-one video-over-IP solution. 

The V__link4’s stream director software is designed for the 
convenient management of V__link4’s video streams. The software 
is a Java™-based application, compatible with any computer 
with a Java™ Runtime environment such as Windows, Mac OSX 
or Linux. It features an elaborated auto-discovery mode, which 
automatically detects all available V__link4 devices within the 
network. Each video input can be given an individual name which 
also travels with the IP-stream. This allows easy identification of 
video signals also in large production environments. The routings 
are configured intuitively by drag-and-drop interface.

IP signal routing: 
With the ease of a mouse-click.

Powerful onboard tools for video processing.

The V__link4’s feature set includes

 Video / Audio Router provides an internal 8 x 8 video routing 
matrix (4x SDI + 4x IP) and a 192 x 192 audio routing matrix.

 Frame-Synchronizer

 Frame Phaser, Line Phaser

 Variable Video & Audio Delays incl. auto audio delay mode

  (De-) Embedding with SRC

Dolby® E Aligner

Surround Downmix

Timecode Insertion

Timecode Generator

Sync Generator

Test Pattern and Video ID Generator

Thumbnail Previewing

Optional Features

 Codecs: 4x RAW / DiracPro-LL*, 4x JPEG2000**

Encoders: 4x MJPEG Encoder, 4x H264 Encoder***

 Quadsplit Multiviewer

 Waveform and Vectorscope Displays

 RGB & YUV Color-Correction and Proc-Amp

 Lip-Sync Measurement

* DirecPro-LowLatency in future SW-Release   ** 2x JPEG2000 if all 3G input   *** Step 1: 2x H.264 encoding 
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The V__link4 in action:
Signal contribution & distribution.

 OB Truck 1

 OB Truck 2

Video  
Production

Audio
Production

Slomo 
Highlights

Camera
Control

Venue

Playing Field

Ethernet Switch

10 GbE 10 GbE
Redundancy

Ethernet Switch

Video  
Production

Audio
Production

Slomo 
Highlights

Camera
Control

The V__link4 in action:
Remote production.

Control Room

Video  
Production

Audio Audio
Production

Audio
Router

Monitoring Slomo 
Highlights

Video
Router

Cameras Camera
Control

Remote Studio

RAVENNA / 
MADI

4x SDI 
(3G/HD/SD)

4x SDI 
(3G/HD/SD)

10 GbE

10 GbE
Redundany

WAN

 Presentation Studio

 Commentary Position
Ethernet Switch

crystal BU*

crystal BU*

crystal BU*

crystal BU*

IP

*crystal Base Unit



1 Optical MADI ports (2x In / 2x Out)

2 Default IP button

3 Status LEDs (Status, PSU 1 / 2)

4 USB Port (save & load config)

5 Headphone output (audio monitoring) 

6 Return / Cancel button

7 OLED Display (setup & video monitoring)

8 Rotary control (selection & setup)

9  Quick select buttons  
(e.g. menu delegation & video monitoring)

10 Optical MADI ports (2x In / 2x Out)

11 Default IP button

12 Status LEDs (Status, PSU 1 / 2)

13 4x SDI Inputs (3G / HD / SD)

14 4x 1 Gbit Ethernet (2x PoE)

15 Quadsplit MV Output (SDI 3G / 1080i)

16 4x SDI Outputs (3G / HD / SD)

17 2x 10 Gbit Ethernet (SFP)

18 Quadsplit MV Output (Display Port 3G)

19 2x USB

20 GPI/O

21 Video Ref. Input & Loop Thru  
(BB or TriLevel)

22 Video Ref. Output (BB or TriLevel)

23 WordCLK I / O

24 Redundant Power Supplies

V__link4 — Front / rear view.
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V__link4 — The all-in-one video-over-IP solution. 

High usability, intuitive controls.

Like the Lawo V__pro8, also the V__link4 provides three convenient ways to control 
the device:

  Web-GUI. Easy-to-understand HTML 5-based touch screen interface with live video 
monitoring that runs directly within the web browser. The GUI enables the operator to 
access all V__line devices from anywhere within the network.

  Ember+ Control. The Ember+ protocol support enables the device to be controlled by 
external master control systems like VSM Virtual Studio Manager. This allows the 
building of broadcast installations with an integrated user interface.

  Optional feature: V__fp1 Front Panel. The V__fp1 hardware control panel for direct 
configuration features a high-res OLED color display for showing the configuration 
menu and real-time viewing of video sources and audio metering, headphones output 
for audio pre-listen as well as ten quick selection buttons for direct source switching.



Technical Details

Video Signal Input/Output
  4x 3G /HD/SD-SDI inputs via BNC connector
  4x 3G/HD/SD-SDI outputs via BNC connector
  1x 3G/HD-SDI MV output via BNC
  DisplayPort for local MV monitoring 

Reference Signal Input /Output 
  BB, Tri-Level, WordCLK input via BNC connector
  Loop thru, WordCLK, BB output via BNC connector

Audio Signal Input /Output
  2x MADI/AES10 optical in/out via SFP module (front)
  RAVENNA

Network Input/Output
  4x RJ45 Gigabit Ethernet
  2x SFP+ 10 G Ethernet

Control & Monitoring
  Web-interface
  Ember+ / VSM control
  Front LED status indication 
  V__fp1 Front Panel (optional)
  SNMP

Redundancy
  Redundant power supply
  Redundant MADI (2 MADI connections)
  Redundant RAVENNA connection (future option)
  Redundant 10G Ethernet connection

Latency
  SRC disabled, synchronized operation: < 2 msec
  Quadsplit-Monitoring: 1 frame

Power
  2x Auto sensing 100 .. 240V VAC power supply 50/60 Hz

 nominal on IEC connector < 160 W

Environmental Data
  Storage temperature -4° F to +158° F (-20° C to +70° C)
  Operating temperature +32° F to +104° F (0° C to +40° C)
  Relative humidity <= 90% non-condensing
  Electromagnetic environment: E2 (EN55103-1,-2)

Frame Mechanics
   Dimensions (H x W x D)  
44mm (1 RU) x 481 mm (19“) x 458mm (18“)

   Weight 4.9kg (10.8lbs)
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mc2 36 — All-in-one Production Console.
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Easy, convertible, reliable. With experience gathered over more than 40 years, 
Lawo is distinguished by its engineering and manufacturing of most reliable and 
most advanced audio mixing consoles available. Originally developed for broadcast 
environments with zero tolerance for failure, Lawo consoles are also widely chosen 
for their audio quality in theater, studio and live performance  applications. 
The new mc2 36 is the German company’s first all-in-one console, designed for 
maximum ease-of-use and “unbelievable” value-for-money, to make the benefit 
of this expertise available for an even broader group of users. The compact size,  
in-built DSP and I/0 make the new console equally perfect for permanent installations 
with limited space and rental companies’ transportation demands.



mc2 36
Capable and adaptable.

Lawo quality – audio uncompromised.
Like all Lawo consoles, the mc2 36 is a precision tool designed 
to give uncompromised audio quality and maximum  reliability. 
Beyond the feature set of a fully equipped audio console, the 
mc2 36 provides additional Lawo-specific features that improve 
the workflows and quality of any broadcast, theater production 
or live performance.

Lawo openness – future-proof by definition.
While the mc2 36 comes fully prepared for stand-alone 
operation, it is also equipped for expansion and networking 
with other mc2 36/56/66 consoles or Lawo Nova audio routers. 
A MADI tie-line port and three RAVENNA/AES67 Audio-over-IP 
ports provide future-proof connectivity for additional I/0
devices and networking.

Lawo flexibility – truly universal.
And even though the mc2 36 is ready-to-go, it is not limited to 
a fixed configuration. Any aspect of the console can be adapted 
to a USB-stick and transferred to another console – particularly 
convenient for rental applications.

mc2 36 — All-in-one Production Console.
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A perfect symphony of hardware & software controls.
The Lawo mc2 36 was designed as a truly universal console 
with focus on its ease-of-use. The pleasing console geometry 
combines with perfectly integrated displays and controls, to 
provide an ideal tool for various applications. The 21.5” full 
HD touch-screens work hand-in-hand with the touch -sensitive 
color-illuminated rotary encoders. E.g. the dynamics window 
will automatically pop-up when touching the dynamics 
encoders- and after adjusting the parameters the auto-close 
function will close the window without additional user action 
to restore the full overview.

mc2 36
Unbelievable ease of use.



The physical user interface.
The Lawo mc2 36 has a newly designed console Iayout. While 
looking familiar to existing mc2 users, the console is now even 
more intuitive to novice users. lts new central user section is 
extremely compact and combines easy access to all parameters 
with an enhanced overview. 

mc2 36
Unbelievable ease of use.

mc2 36 — All-in-one Production Console.

Channel Touch Screen

Central Touch Screen

Central Control Section

Channel Strip

User Buttons

Monitoring Section

Bank & Fader Control

Screen Control Section
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The touch-screen user interface.
Super-bright 21.5” HD touch-screens provide excellent overview 
of all aspects of the console, and allow immediate operation via 
touch-optimized dialog windows. For input patching, it is only 
necessary to touch the input section of the desired fader strip 
and select the source directly on the screen. Tasks such as VCA 
allocation, bus or aux assignments and mix-minus configurations  
are also performed intuitively via the touch-screen. Again, 
the console can be readily adapted to user’s requirements  

by adjusting the channel display accordingly - just choose 
and display those parameters that are important and hide any 
unnecessary or distracting elements. For example, you could 
de-select the track buses or show 16 instead of eight aux buses. 
The metering automatically  scales to the maximum available 
space, showing all fader Ievels permanently on the HD display. 
ln addition, multi-row metering allows for permanent metering 
of signals from other layers or banks.



mc2 36 — All-in-one Production Console.
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Interaction.
The mc2 36 is a universal console, providing a comprehensive feature set for broad-
cast, theater, house of worship, live and install applications. To make this possible, 
Lawo has optimized its features to provide benefits not only for one application, but 
for all. The one common factor is that everything is optimized for fast-paced operation 
in demanding  environments. Here are just some of the highlights of these workflow 
optimization tools.

mc2 36
A feature rich environment.



Loudness Metering.
Originally requested for broadcast applications, Lawo has 
developed built-in loudness metering into a tool that is useful 
in live, theater and house of worship applications. The feature 
provides full loudness control in accordance  with ITU 1770 
(EBU/R128 or ATSC/A85) and features peak and loudness 
metering either separately or in combination.  ln addition to the 
sums, Lawo Loudness Metering can also measure individual 
channels,  which allows a fast and convenient  “visual” mixing, 
e.g. of background  singers or multi-microphone setups for 
brass sections, strings and choirs.

Listen Sense.
Lawo’s unique Listen Sense function allows an offline 
modification of channel parameters like EQ or dynamics. 
Unnoticed by the audience, a sound engineer can adjust the 
settings and Iisten to his result PFL. Once all is set, the engineer 
can switch the settings online. This allows unnoticeable sound 
adjustments, e.g. when a live set-up changes with no time for 
prior EQing of a channel.

mc2 36
A feature rich environment.

mc2 36 — All-in-one Production Console.
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Audio-follow-Video.
The Audio-follow-Video function allows automated  fades from 
one camera (and associated audio channels)  to another. These 
fades are triggered by events, e.g. a camera tally, or other 
events. Parameters  like Rise Time, On Time, Hold Time, Max 
Time and Fall Time, as well as On/Off Levels, give full control 
over the envelope and the sonic result. Advanced parameters 
also allow short sequences of up to 128 individual events to 
be controlled.

Upmix / Downmix / Automix.
The automated mixing assistants include a Downmix function 
and Lawo’s highly acclaimed AMBIT Upmix function, which 
guarantees perfect conversion of stereo signals into amazingly  
authentic surround sound using very few parameters. ln 
addition, the Automix function automatically adjusts the Ievels 
of active and inactive microphones,  while keeping a constant 
ambient Ievel. The feature provides unique functionality 
especially in live productions  requiring several presenters or 
performers. Lawo Automix can be used for any signals, from 
mono and stereo to multiple surround channels. Automix 
minimizes background  noise and crosstalk,  guaranteeing 
reduced sound coloration. Truncated sentences and late fade-
ins are things of the past, and the sound engineer can focus on 
balance and sound quality.



Remote Desktop.
Lawo’s integrated Remote Desktop function allows the seamless 
integration of multiple external PCs with third-party solutions 
into the console’s user interface. With the switch of a button, 
the external PC and its software is displayed in the console’s 
screen while the console’s keyboard, touchpad and touchscreen 
provide control. ln this way, you can integrate a multitrack 
recording system for offline soundchecks  using the console’s  
A/B inputs for switching between live and recorded sources, 
or control PA software or external effect engines. As a result, 
less equipment is needed and the engineer can control the 
complete set-up conveniently  from a single, central position.

mc2 36
A feature rich environment.

mxGUI.
The mc2 36 comes with mxGUI, intuitive software for Mac and 
PC allowing complete offline configuration and advance show 
preparation. You can lay out your console, configure the matrix 
in Iist or XY view, set mic pre-amp gain and then generate 
production data for your mc2 36. ln addition, you can change 
the Iayout of your user buttons at any time, and assign new 
tasks from an extensive function Iist. mxGUI is also perfect 
for remotely operating the console from a tablet PC, e.g. for 
adjusting the mix from within the audience.

mc2 36 — All-in-one Production Console.
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Full channel strip customization.
To perfectly fulfill the creative needs of their users, Lawo mc2 
consoles allow users to re-arrange  the order of all DSP modules 
– including channel direct outputs, meter point, fader and aux 
sends  without restriction. Even the different modules of the 
dynamics section (Gain, Expander, Compressor and Limiter) or 
the internal Digital Amplifier can be placed individually within 
each channel’s signal chain.

Reveal function.
The Reveal function enables automatic input sorting of VCAs. 
When activating Reveal for a dedicated VCA fader, the console 
sorts all channels  of that specific VCA group at a pre-defined  
position, giving instant access no matter in which bank or layer 
the channels are originally based. After deactivating Reveal, 
the console returns to its prior fader Iayout. This makes it 
possible to conveniently handle large productions without the 
need for dozens of faders.

Ready for the road.
With its all-in-one approach, the compact mc2 36 is especially 
attractive for mobile productions and rental companies: Only 
one flightcase is required for console, DSP core and I/0. ln 
addition to the German quality chassis and electronics, the 
mc2 36 can be ordered in a heavy-duty flightcase version 
ready for the road. But its not just the hardware factors that 
make the mc2 36 a perfect choice for rental companies – 
features like saving and loading configurations and show 
files easily via USB sticks are especially valuable in the 
rental and touring business,  where several consoles and 
users might be involved.



mc2 36 — All-in-one Production Console.
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Lawo sound has never been this affordable.
Lawo consoles have been synonymous with excellence in 
audio quality for more than 40 years – and the mc2 36 is no 
exception. From input to output, from its microphone  preamps 
to its DSP processing  algorithms,  this console is a precision 
tool for any audio production, providing a Ievel of sound quality 
never before achieved in this price segment.

mc2 36
Unbelievable sound.



Signal Processing.
Maintaining its claim to uncompromised audio precision, Lawo 
has equipped the mc2 36 with the same signal processing  
algorithms as its larger siblings. As on any mc2 console, users 
can easily re-arrange the order of all DSP modules without 
restriction, giving creative freedom and broadening  the 
console’s versatility.

INMIX PEAK AMBIT DELAY DIGAMP COMP EQUAL IMAGE

T

mc2 36
Unbelievable sound.

AUX PEQ

Inmix.
The lnmix module controls the pre-amplification for 
analog sources, including Gain, Balance, Low-cut 

Filter, MS Decoder etc.

Delay.
Lawo’s Delay module provides click-less delays of up to 
1.8 seconds, allowing inaudible delay adjustments even 
during live productions. Application specific setting 
allows delays to be switched between meters (for delay 
compensation  for live PA systems) and milliseconds  
and frames (for broadcast).

Digiamp.
The DIGIAMP is an additional module to change the 
amplification within the channel.

mc2 36 — All-in-one Production Console.
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LOUD BUS

TRKBUS

FILTER LIMITER DIR-OUT

AUX AF

SCF

Dynamics.
The mc2 36 offers four independent dynamic modules: 
Gate, Expander, Compressor  and Limiter. These can 
be placed independently of each other anywhere in 
a channel’s  signal chain. All dynamic modules are 
extremely precise and do not add unwanted coloration 
to the sound. The adjustable “look-ahead” function 
retains the source’s sound characteristics even with 
large dynamic changes. The limiter can be used as a 
high-quality brick-wall filter.

EQ.
The console also provides three independent  EQ 
modules: EQ, Filter and Side-chain Filter. The EQ is 
4-band, fully parametric. The 2-band filter module 
can be placed independently from the EQ anywhere in 
the signal chain, for example before the direct outs. 
Additionally, a 2-band side-chain filter can be applied 
to the gate or compressor.

Image.
The Image function allows precise adjustment of the 
stereo image and direction. lt can be used on ambience 
microphones to widen the panorama or to position 
and combine multiple stereo sources in the same mix 
without losing the stereo effect.

Insert.
The Insert can be activated anytime without affecting 
the channel delay.

Direct Out.
The Direct Out module includes mute and adjustable 
output. All modules can be assigned freely – e.g. a 
limiter and a 2-band filter can be assigned to the direct 
out bus for recordings, without affecting the main mix.

INSERT GATE EXPAND FADER

AUX PF

TALK



Onboard I/0.
The Lawo mc2 36 features integrated input and output 
connectivity to meet for a broad range of broadcast and install 
applications, as well as FOH and monitoring. The 32 Lawo 
microphone preamps are identical with those found on Lawo’s 
renowned 941/55 microphone card for DALLIS systems, 
providing an extremely linear frequency response of only 
0.03dB between 20Hz and 20kHz and an unbelievably low THD 
of 0.0006%. Latency of 330μs@48kHz and 160μs@96kHz 
between analog in and output is closer to analog than to any 
other digital console.

 I/0 Overview
 32 Mic/Line inputs
 32 Line outputs
 8 digital AES3 inputs
 8 digital AES3 outputs
 8 GPIO
 1 MADI (SFP)
 3 RAVENNA I AES67
 1 Headphones

ln addition to the onboard inputs and outputs, a MADI tie-line 
connection and three RAVENNA/AES67 Audio-over-IP ports 
provide future-proof connectivity  for up to 384 external inputs 
and outputs, resulting in a total capacity of 496 physical 
inputs and outputs. The mc2 36 is fully prepared for intelligent 
networking with other mc2 36/56/66 consoles. lt can also be 
operated in combination  with Lawo Nova audio routers, giving 
instant access to thousands of audio channels. Lawo mc2  
consoles provide intelligent mechanisms, including user-right 
management to allow input sharing between several consoles.

About RAVENNA. 
The Open Standard for Real-Time IP Media Networking. 

RAVENNA is a technology for real-time distribution of 
audio and other media content in IP-based network 
environments.  Using standard network protocols and 
technologies, RAVENNA  can operate over existing network 
infrastructures,  while meeting the strict requirements of the 
pro audio and broadcast markets, and features low latency, 
full signal transparency  and high reliability. While primarily 
targeting the professional broadcast  market, RAVENNA is 
also suitable for deployment in other pro audio market areas
like live sound, install and recording. Possible fields of 

mc2 36
Unbelievable sound.

mc2 36 — All-in-one Production Console.
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application include (but are not limited to) in-house signal 
distribution in broadcasting houses, theaters, concert halls 
and other fixed installations, flexible setups at venues and 
live events, OB van support, inter -facility links across WAN 
connections,  and in production and recording applications. 
Unlike most other existing networking solutions, RAVENNA 
is an open technology standard without a proprietary 
licensing policy. RAVENNA is fully compliant with the 
AES67 standard.

If plenty is not enough…
The mc2 Compact I/O is a convenient and cost-efficient way 
to expand the mc2 36’s connectivity and to provide a distant 
stagebox solution in addition to the Onboard I/O. Connected via 
CAT5 or fiber (optional), the ruggedized 5RU stagebox provides 
32 Mic/Line inputs, 32 Line outputs, 8 digital AES3 inputs, 
8 digital AES3 outputs, 8 GPIO and a MADI (SFP) port. The 
mc2 36 allows for connecting up to three mc2 Compact I/O. 



Integrated  DSP Micro-Core.
The Lawo mc2 36 features a new, 
integrated DSP micro-core  with an 
internal 512x512 port audio matrix. lt 
is super-compact and optimized for low 
power consumption using inaudible, 
low-spinning fans for cooling. This is 
especially important in environments  
such as concert halls, where fan noise 
is obtrusive.

To provide maximum reliability, the 
mc2 36 is not only equipped with 
redundant power-supplies but also 
redundant  DSP cards – unprecedented 
at this price point. The DSP resources 
are fully flexible and can be allocated 
according to application. Depending 
on the selected DSP mode, the 
processing capacity ranges from 48 DSP 
channels (Recording Mode, providing 
96kHz/48kHz with DSP redundancy) to 
192 DSP channels (Broadcast Mode, 
at 48kHz without DSP redundancy). 
Independent from the selected DSP 
mode, the engines provide completely 
independent algorithms at all time, with 
no compromise in quality even when 
all channels are in use. With internal 
headroom of >1OOOdB and Lawo 
algorithms, the audio quality of further 
processing is guaranteed throughout the 
signal chain.

As a result, the DSP flexibility and 
internal audio quality make the console 
truly universal: set it up to record a 
symphonic  orchestra one day, and run a 
TV production the next.

mc2 36
Unbelievable s ound.

mc2 36 — All-in-one Production Console.
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Control panel
 Frames with 16, 24 and 40 faders
 Six banks each with 2 layers
 100  mm fader + 1 freely adjustable rotary knob + Input- 

 Gaincontroller + channel display for each fader with sense- 
 triggered pop-up displays for modules 
  TFT metering: mono, stereo or up to 7.1 including bus 

 assignment, gain reduction for dynamics, AfV status, 
 VCA assignment, mix-minus
  GUI page output, e.g. metering, on an external monitor
  Eight central user buttons

Signal processing

 40-bit floating point

 Up to 184 inputs with A/B input, up to 32 sub-groups, 
 32 aux sends, up to 32 track buses, up to 16 main sums

 Rapid switching of channel and bus to    
  mono / stereo / surround

 Up to 24 surround channels, 128 VCA groups with metering, 
  256 GP channels

 Surround formats: DTS / Dolby ® Digital 5.1, Dolby ® Pro- 
 logic 4.0, DTS ES /  Dolby ® EX 6.1, SDDS 7.1, DTS-HD 7.1, 
 diverse panning characteristics, surround aux bus

 Two AFL: 1 surround 8-channel, 1 stereo

 Two PFL stereo

 Audio-follow-Video with 128 events, control via Remote 
 MNOPL, Ember+, GPI or matrix connection, envelope up to   
 10s fade time

 Solo In Place

 Permanent input meter beside fader, adjustable INPUT, PF,  
 AF, DIROUT meter point in channel display

 Loudness Metering according to EBU R128 and ATSC A/85, 
 momentary or short term in every channel, integrated 
 measurement on sum channels with display of integrated
 LUFS value in headline.

 Modules: INMIX with MS decoder, digital amp, 2-band fully
 parametric filter, 4-band fully parametric EQ, 2-band fully 
 parametric side-chain filter, insert, delay up to 1800 ms – 
 switchable units: meters, milliseconds, frames,   
 4 independent dynamic modules: expander, gate,    
 compressor, limiter, image, meter, direct out

 AMBIT Upmix, available on every 5.1 channel, 
 fully Downmix compatible

 Inline configuration with send / return switching — 
 per channel or global

 Fully-equipped surround channel with coupling of all 
 channel parameters and hyperpanning

Technical Details

mc2 36 — All-in-one Production Console



Routing Matrix
  512x512 matrix, non-blocking
  96 kHz, 24-bit
  Fully redundant signal path
  Level adjustment for all inputs and outputs
  Downsizing from surround (up to 7.1) to stereo
  Integrated monitoring devices for remote locations,  

 e.g. director’s room
  Networking with up to 14 Nova73 cores, share and import of 

 sources and destinations, studio intervention

Interfaces
  Mic / Line, Line Out, AES, SDI, HD-SDI,MADI, ATM, GPIO, 

 Serial, MIDI, ADAT ®, RAVENNA, Audio-over-IP; for details  
 see DALLIS and Compact I/O product information
  Stereo and surround monitoring systems

Synchronization
  Two redundant inputs with automatic Blackburst, Wordclock 

 detection

Redundancy
  PSUs, DSP board
  Fully redundant signal path
  Full data redundancy

Control unit

 Global A / B input switching

 Enhanced mix-minus control with independent off-air 
 conference

 Fader control of all level parameters

 Diverse tally and fader start modes

 Program switch

 Machine control

 Audio-follow-Video, up to 128 camera tallies, Ethernet 
 or GPI controlled

 Camera mic remote via GPI or voltage control

External Control Systems

 Remote control of all routing parameters via network

 Ember+ control protocol integrated

 Remote control of integrated matrix monitoring units

 Online configuration with AdminHD, graphical configuration  
 of signal list and I/O Box components

 External matrix controllers: VSM, Evertz, Quartz, BFE,  
 Pharos, and others

Remote maintenance
  Connection via Internet remote software
  Software updates, error diagnostics, remote assistance
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Compact, flexible, versatile. With a resourceful engine under the hood, there’s plenty of 
power to handle any situation. It is easy to understand, and intuitive to operate. This 
is the mc²56. The console delivers performance, and is thus extremely suitable for 
everyday use. The mc²56 combines the proven quality of its predecessors with new fea-
tures, improved functions and clever innovations. Our conclusion in a single sentence: the 
mc²56 is the best mc²56 ever. For maximum performance — pure and simple. 

mc²56 — Performance, pure and simple.
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mc²56 – Performance, pure and simple.

From extra small to extra large:
The mc²56’s five frame sizes.

The size of the task determines the size of the tool, and not 
vice-versa. Therefore, the mc²56 is now available in five dif-
ferent frame sizes: for example, 16 faders for smaller outside 
broadcast vehicles or 80 faders for more complex challenges. 
With the mc²56, you can get the mixing console to meet your 
exact requirements, tailor-made. The console is extremely fle-
xible. Talking of flexibility: The fact that you can expand your 
mixing console with a stand-alone frame is yet another plus 
that almost no one else offers.  

The main highlights:

 5 frame versions with 16, 32, 48, 64 or 80 faders

 Subsequent expansion: a 16 fader stand-alone
extender may be added at any time

 Perfect for outside broadcast vehicle dimensions: 
64 faders fit across most standard installations 

From Custom Metering to Reveal Faders:
The new overbridge now also equipped with a user panel.

The mc²56’s overbridge offers you two advantages: it is more 
attractive and now even more functional. The reduced height 
of the overbridge improves the overview. The monitors, with 
their modern 21.5” full HD touchscreens, guarantee speed 
of operation. And the console’s optimized geometry, with its 
perfectly arranged faders, is a joy not only to the user, but is 
also easy on the eye. 

But innovative aesthetics alone are not enough for us. The 
overbridge is also a winner thanks to its new added-value 
functions. You can now integrate a user panel as well as the 
RTW goniometer into the overbridge and thus customize your 
mixing console even further. 

The main highlights:

 Perfect console geometry 

 Overbridge in a new design, with innovative, 
functional aesthetics 

 User panel can be integrated directly into the overbridge

 Talkback via XLR connector and USB port as standard  

 Numerous overbridge options, such as: 
– 40-key user panel
– Reveal Fader panel
– RTW TM9/TM7 goniometer 



Form follows function: 
The central control section.

Easy-to-reach user-buttons, large trackball buttons, touch-
screen in the central GUI, fancy-looking illuminated rotary 
knobs – anyone who sits down with the mc²56 will want to 
get started immediately. And, thanks to many carefully 
thought-out details and clever features, the console is easy 
to understand and very intuitive to operate. 

The Lawo console is a winner with its clearly structured control 
section, nine individually assignable user buttons as well as 
ever more directly accessible parameters. In addition, all fader 
levels are permanently shown on the HD displays. What is the 
advantage to you? It not only looks good, but also guarantees 
an optimal workflow, so that you never lose your overview, 
even in hectic situations. 

The main highlights: 

 Permanent metering of the 16 central faders

 More directly accessible parameters 
(e.g. all 6 dynamic parameters)

 9 individually assignable user buttons 

 Illuminated rotary knobs for an even better overview

 Large trackball buttons 

 Improved snapshot operation thanks to 
more directly accessible buttons

 Integrated RTW goniometer or user panel in the overbridge

The main highlights:

 5 frame versions with 16, 32, 48, 64 or 80 faders

 Subsequent expansion: a 16 fader stand-alone
extender may be added at any time

 Perfect for outside broadcast vehicle dimensions: 
64 faders fit across most standard installations 
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mc²56 — Performance, pure and simple.

Now with many new functions: 
The decentralized control section.

The decentralized control section is a sure-fire winner: the 
sensible layout of control elements, combined with a wealth 
of practical details, guarantee maximum efficiency even in 
demanding productions. 

For example, in terms of usability the mc²56 makes use of 
touch-screen operation. This is not only intended to look 
chic, but also to enable goal-orientated working. You can 
now assign buses or configure the mix-minus directly on the 
touch screen. And thanks to our new button-glow, the color-
coding of individual channel strips can be recognized at any 
time, even in low light conditions. As an example of the 
increased efficiency of the mc²56, the console can now be 
used for real two-man operation. The simple press of a 
button enables both sound engineers to access all audio 
parameters independently of each other. This is not only very 
practical, but also increases the added value of your mixing 
console.

The main highlights: 

 Button-glow for color-coding the channel strips 
and enhancing user guidance even in low light conditions

 Real 2-man operation with fully decentralized 
control of all parameters including bank and layer 
selection, EQ, dynamics and bus assignment

 Expanded, simplified touch operation for intuitive 
working, such as VCA allocation, bus assignment, 
meter pickup/mode select and mix-minus configuration

 User buttons in the channel strips can be changed as 
required, so that up to 12 parameters can be triggered 
using the 4 fader user buttons 

 



mc²56 — Performance, pure and simple.
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Control panel
   Frames from 16 to 80 faders
   Remote stand-alone frames from 16 faders
   6 banks each with 2 layers
   100 mm fader + 2 freely adjustable rotary knobs + 

 Input-Gain controller + channel display for each fader 
 with sense-triggered change of module display 
   TFT metering: mono, stereo or up to 7.1 including bus 

 assignment, gain reduction for dynamics, AfV status, 
 VCA assignment, Mix Minus
   GUI page output, e.g. metering, on an external monitor
   9 user buttons
   Optional: one integrated user panel (automation, 40 but-
tons, Reveal fader surround, talkback), RTW goniometer 
integration, script tray

Signal processing
  888 channels and 144 summing buses, 40-bit floating point
  Up to 760 inputs with A/B input, up to 64 sub-groups,  

 32 aux sends, up to 96 track buses, up to 48 main sums
  Rapid switching of channel and bus to mono / stereo / surround
  Up to 96 surround channels, 128 VCA groups with metering, 

 256 GP channels
  Surround formats: DTS / Dolby ® Digital 5.1, Dolby ® Pro-

 logic 4.0, DTS ES /  Dolby ® EX 6.1, SDDS 7.1, DTS-HD 7.1,
 diverse panning characteristics, surround aux bus
  2 AFL: 1 surround 8-channel, 1 stereo
  2 PFL stereo
   Audio-follow-Video with 128 events, control via Remote MNOPL, 
GPI or matrix connection, envelope up to 10s fade time

  Solo In Place
  Permanent input meter beside fader, adjustable INPUT, 

 PF, AF, DIROUT meter point in channel display
 Loudness Metering according to EBU R128 and ATSC A/85, 

 momentary or short term in every channel, integrated 
 measurement on sum channels with display of integrated
 LUFS value in headline.
  Modules: INMIX with MS decoder, digital amp, 2-band fully

 parametric filter, 4-band fully parametric EQ, 2-band fully 
 parametric side chain filter, insert, delay up to 1800 ms – 
 switchable units: meters, milliseconds, frames, 4 independent 
 dynamic modules: expander, gate, compressor, limiter, 
 image, meter, direct out
  AMBIT Upmix, available on every 5.1 channel, 

 fully Downmix compatible 
  Inline configuration with send / return switching — 

 per channel or global
  Fully-equipped surround channel with coupling of 

 all channel parameters and hyperpanning

Routing Matrix
  Up to 8192 crosspoints, non-blocking
  96 kHz, 24-bit
  Fully redundant signal path
 Level adjustment for all inputs and outputs

  Downsizing from surround (up to 7.1) to stereo
  Integrated monitoring devices for remote locations, 

 e.g. director’s room
   Full networking of up to 14 Nova73 Cores, share and import of 
sources and destinations, studio intervention

  Full snapshot and production portability independent 
 of matrix and DSP size

Plug-in Server
   Full VST plug-in integration with storage of 

 plug-in parameters in snapshots and production data

Interfaces
   Mic / Line, Line Out, AES, SDI, HD-SDI,MADI, ATM, GPIO, Serial, 
MIDI, ADAT ®*, RAVENNA, Audio-over-IP, Dolby Decoder Plug-
In; for details see DALLIS product information

   Stereo and surround monitoring systems

Synchronization
  2 redundant inputs with automatic Blackburst, Wordclock, 
AES 3, MADI detection

Redundancy
 PSUs, DSP board, router board
  Fully redundant signal path
  Redundant control system, exchangeable during run time, 
full data redundancy

Control unit
  Bay Iso with separate layer and bank switching, 

 plus second PFL / AFL bus
  Global A / B input switching
  Enhanced mix-minus control with independent off-air  
conference

 Fader control of all level parameters
  Diverse tally and fader start modes
  Program switch
 Machine control
 Audio-follow-Video, up to 128 camera tallies, Ethernet 

 or GPI controlled
 Camera mic remote via GPI or voltage control

Remote maintenance
  Connection via Internet remote software
  Software updates, error diagnostics, remote assistance

External Control Systems
   Remote control of all routing parameters via network
  Ember+ control protocol integrated
  Remote control of integrated matrix monitoring units
   Online configuration with AdminHD, graphical configuration 
of Nova73 components

  External matrix controllers: VSM, Evertz, Quartz, 
 BFE, Pharos, and others

Technical Details





More Power. More Speed. More Flexibility. Get the job done. When challenging situations 
have to be tackled, and your work is the center of attention, Lawo’s mc² 66 provides the 
ideal solution — because it is, above all, a tool completely tailored to the needs of the 
user. The mc² 66 not only impresses with the highest standards of performance where 
speed, flexibility, and security are concerned, but also with its groundbreaking user-
assistance, which makes the mc² 66 a reference point around the world. 

mc² 66 — Inspired by your needs.
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mc²66 in the Studio 4 control room of the Westdeutscher Rundfunk, 
Cologne, Germany.



.

More Power.
888 DSP channels, 144 summing buses and 8192 x 8192 
crosspoints broadcast a clear message on their own, yet the 
impressive powerhouse that is the mc² 66 goes even further than 
these basic specifications. In particular, highest-quality signal 
processing gives the mc² 66 the power and precision that you‘d 
expect from a professional tool, and there are many other out-
standing features. For example, on every channel, all the audio 
sections deliver the highest standards, from the superb limiter 
to noiseless delay changes — every one available, all of the time.

More Speed.
The mc² 66 guarantees to always be that little bit faster. Our  
recently developed operating philosophy: “Assign at Destination”,  
allows you to set the controls the way you want them — with 
speed and confidence — even at critical moments. This ability is a 
hallmark of the mc² 66: total control, all the time, in any situation.

More Flexibility.
With the mc² 66 you are always in command of all of your  
console’s resources. You can change the channel section para- 
meters during runtime without losing production data; you can 
adapt the DSP power at any time, so it is optimized for the 
current production; it is even possible to achieve fast switching 
of the main bus outputs between mono, stereo or surround, as 
well as the on-air integration of a mic card in your stage box — 
whenever you need to.

More Security.
In the professional broadcast and live sound domains, maximum 
system availability and resilience are paramount. To this end, the 
mc² 66 offers the highest possible redundancy and reliability 
from mic input, through the entire system to the programme out-
put. Another milestone in terms of redundancy is the integra-
tion of the MKII router with its internal computer system. 
Thus, the console’s control system can be designed redun-
dantly. Because of this superb availability, the mc² 66 has 
established itself as the de-facto reference console in Europe.

More Precision.
Complex productions require absolute concentration and  
precision. For this reason the mc² 66 is designed to provide 
support in critical situations, and so reliably releases you from 
many tasks. Thanks to innovative functionality — such as  
Audio-follow-Video, external control of camera mic preamp  
levels, convenient console partitioning, and the ability to  
simultaneously create multichannel and stereo mixes — you 
can make the mc² 66 a dependable partner. 

More Usability.
The mc²66 is equipped with an mxGUI, which will impress you 
with its many innovative features. You can fully prepare your 
mc²66 console offline for the task ahead — from console layout 
to matrix control in X / Y view, partial snapshots and pre-ampli-
fier settings through to the creation of complete snapshot and 
production data. Further benefits: up to 16 mxGUI clients can 
simultaneously sign on to the control system, so that secondary 
users and service technicians can perfectly support the audio 
engineer, during live broadcasts, if necessary. For details please 
consult page 86f. 

mc² 66 — Inspired by your needs.

  Excellent flexibility — changes can be made during   
 runtime without losing production data
  Superb networking — handles the largest of broadcasting  

 complexes, with several mixing consoles and routing   
 matrices, thus saving time and costs
  Comprehensive features — e. g. Audio-follow-Video,   

 camera microphone control, flexible dynamic automation,  
 sequence snapshot automation
  Loudness Integration compliant to EBU R128 & and   

 ATSC A/85 for every channel

The mc2 66 key benefits at a glance:
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mc² 66 — Inspired by your needs.

More individuality:
Extra Faders layout option offers additional faders in the Central Control Section.

When does a mixing console really become your console? That’s 
simple: it must be optimally adapted to your workflow and your 
personal requirements. For precisely this reason, we present 
a control surface option that provides eight additional faders. 
However, you can still choose between the classic layout and 
the Short Control fader panel. Two user panels, Screen Control 
and Reveal Surround Fader, complement the Extra Fader 
option; these can be placed flexibly within the console layout.

Extra Faders Option, Central Control Section

Key features of the Extra Fader option:

 64 fader width now possible in OB vans, thanks to 
space saving construction

 Maximum fader density; only 62 mm for trackball 
and control buttons

 Special Reveal Surround Fader user panel

Screen Control User PanelShort Control Fader Panel Reveal Surround Fader User Panel

Screen Control and Reveal Surround Fader User Panels.
Because they are needed for efficient workflow, all the classic 
functions, including a joystick panner, bus assignment, and 
12 user buttons, have been retained within the Screen Control 
user panel. Both the Short Control fader panel and the two 
user panels interact with a GUI page on the touchscreen, for 
the control of functions such as strip assignment. How about 
breaking out your surround channels? The control surface 
variant offers this function, thanks to the Reveal Surround 
Fader user panel.



Technical Details

mc² 66 — Inspired by your needs.
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Control Panel
  Frames from 16 + 8 faders to 96 + 16 faders
 Separate frames with 8, 16 and 24 faders
 6 banks per 2 layers
 100 mm faders + 4 rotary controls with free assignment +  

 Input Gain controller
 Channel Display on every fader, with touch-sensitive selection
 TFT metering in mono, stereo or up to 7.1, including bus- 

 assignment, dynamics gain reduction, AfV status, 
 VCA assignment, surround master assignment
 External display of GUI pages, eg. metering
 9 user buttons
 Optional: up to three different user panels, talkback, script tray,  

 PPM-integration, 2RU 19” integration, dedicated Reveal area
  19 inch overbridge mount for up to 3 RU e. g. for intercom panels

Signal Processing
 888 channels and 144 summing buses, 40-bit floating point
 Up to 760 inputs with A/B input, up to 64 subgroups,  

 32 aux sends, up to 96 track buses, up to 48 main sums
 Quick change of channel and bus to mono / stereo / surround 
 Up to 96 surround channels, 128 VCA groups with metering,  

 256 GP channels
 Surround formats: DTS / Dolby ® Digital 5.1, Dolby ® Pro-logic  

 4.0, DTS ES / Dolby ® EX 6.1, SDDS 7.1, DTS-HD 7.1, diverse  
 panning characteristics, surround aux bus
 2 AFL: 1 surround 8-channel, 1 stereo
 2 stereo PFL 
  Audio-follow-Video with 128 events, control via Remote MNOPL, 
GPI or matrix connection, envelope up to 10s fade time

  Solo-In-Place
  Permanent meter point on the fader, selectable to INPUT,  

 PF, AF, DIROUT on the Channel Display
 Modules: INMIX with MS-Decoder, Digital Amp, 2-band fully 

 parametric filter, 4-band fully parametric EQ, 2-band fully
 parametric side chain filter, insert, delay up to 1800 ms (units  
 in metres, milliseconds, frames); 4 independent dynamics 
 (Expander, Gate, Compressor, Limiter), Image, Meter, Direct Out
 In-line configuration with send / return switching — on the  

 channel or global
 Fully equipped surround channel with linking of all channel 

 parameters and Hyper Panning 
 AMBIT Upmix with normal channel latency, available for every  

 surround channel
 Loudness Metering compliant to EBU R128 & ATSC/A85,  

 available for every surround, stereo or mono channel; integrated
 metering for every sum and group

Routing Matrix
  Up to 8192 crosspoints, non-blocking
  96 kHz, 24-bit
  Fully redundant signal path
 Downsizing from up to 7.1 to stereo 
  Full networking of up to 14 Nova73 Cores, share and import 
from sources and destinations, studio intervention 

 Full snapshot and production data portability independent of 
 matrix and DSP size
 Level control for every input and output

Plug-in Server
  Full VST plug-in integration with storage of plug-in  

 parameters in snapshots and production data

Interfaces
 Mic / Line, Line Out, AES, SDI, HD-SDI,MADI, ATM, GPIO, 

 Serial, MIDI, ADAT ®*, RAVENNA, Audio-over-IP, Dolby  
 En-/Decoder Plug-In; for details see DALLIS product information
  All interfaces at 24-bit, 96 kHz
  Monitoring systems for stereo and surround

Synchronisation
  2 redundant inputs with automatic detection of Blackburst,  

 Wordclock, AES3, MADI

Redundancy
  PSUs, DSP board, router board
  Fully redundant signal path
  Redundant control system, exchangeable during run time;  

 full data redundancy
 Fully redundant control surface architecture
  PSU for control system and control surface

Control
  Bay-Iso with separate layer and bank switching, plus second  

 PFL / AFL bus
  Global A/B input switching
  Enhanced mix-minus control with independent off-air conference
  Direct out mute by fader
  Diverse tally and fader start modes
  Program switch
  Machine control
  Audio-follow-Video up to 128 camera tallies, Ethernet  

 or GPI controlled
  Camera mic remote via GPI or voltage control
  Customization by users: easy integration of fader starts, 

 user button programming, matrix connects permanent or 
 as parallel connect etc.
 Remote desktop access from TFT to external computer

External Control Systems
  Remote control of all routing parameters via network
   Online configuration with AdminHD, graphic configuration of 
Nova73 Core components 

  External matrix control for BFE, VSM, Evertz, Miranda, 
 Sony and others
 iPhone App

Remote Maintenance
 Connection via Internet Remote Software
 Remote software updates, error diagnostics
 mxGUI: remote control of console via laptop

* ADAT® is a registered trademark of Alesis, LLC and is used here under license.





56 57

The reference for high-end mixing consoles: the mc² 90. Size and power, flexibility and 
dependability, an intuitive control surface and ergonomic design — the mc² 90 sets new 
standards in all these areas. And it offers you today the technology you might be expect-
ing tomorrow from a top class mixing console. With the mc² 90 we have developed an 
innovative audio tool that meets the highest demands and individual requirements in 
any type of production — and all this with 24-hour, 365 days-a-year reliability.

mc² 90 — No compromises.



mc²90 in the ZDF news studio, 
Mainz, Germany.



Optimum control with maximum flexibility.
Whether it is live broadcast, recording, post-production or 
live sound reinforcement, with the mc² 90 everything is under  
control — all of the time. The mc² 90 offers a modular central 
control section that enables you to position the most import-
ant modules exactly where you want them, so they can be ac-
cessed more easily. In addition, external control devices can be  
incorporated smoothly into the mc² 90’s control surface — from 
panels up to 5U in the clever 19’’ rack integration, to Danner 
modules that can be fitted in the meterbridge as well as on the 
control surface.

Iso bay access.
The mc² 90 excels with its innovative operating philosophy 
that meets the highest demands of functionality and user-
friendliness. A core item in this philosophy is a completely new  
decentralized operational control function, providing maximum 
control in any situation, by allowing you to transfer control of 
central functions to anywhere on the console. With this ground-
breaking feature, the mc² 90 facilitates optimal multi-user  
operation, and separate monitoring options can also be provided,  
thanks to the inclusion of additional AFL and PFL buses. 

Furthermore, in spite of the comprehensive range of functions 
provided, enhanced user feedback and a clearly laid out control 
surface constantly guarantee the best possible overview of the 
current console status.

mc² 90 — No compromises.
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Integrated Loudness Metering 
Following an agreement on loudness standards, the 
“Loudness War ” has been brought to an end. And Lawo 
is already on the case to implement these standards: all 
mc² consoles can now boast integrated loudness meter-
ing, complying fully with the EBU/R128 and ATSC/A85 
requirements — a world’s first from Lawo.

mc² 90 — No compromises.

Be on the safe side.
With the mc² 90, we have reached a new level of redundancy 
structure: the Lawo-developed “Dual Star Technology” has now 
found its way into mixing console design. As a result, not only 
are all front panels connected to the control processor using 
star topology but, in addition, the mc² 90 has a second redun-
dant control processor that is also connected in star-mode to 
every panel. In incorporating this dual star technology within 
the control surface, Lawo has established a further milestone 
in reliability and redundancy, and new standards have been set 
for the design of mixing consoles and HD cores.

Innovative design for greatest operational convenience.
You will be drawn to the mc² 90 by its pleasing shape and refined 
construction, which makes this console the visual focus in any 
studio. The modern design is supplemented by logical detailing 
that, thanks to optimal ergonomics and intuitive user feedback, 
will make your day-to-day production work significantly easier. 

For example: in order to keep an overview of up to 200 faders, 
the mc² 90 offers the color coding of fader strips, similar to 
that commonly used in analog days. However, with the mc² 90 
you don’t need to manually change the fader caps, because the 
fader strips can be identified using modern LED technology  
according to channel type or your individual requirements. This 
allows you to easily keep track of any fader at any stage in the 
production.



Control Panel
 Frames from 16 + 8 faders to 192 + 16 faders
 6 banks per 2 layers, 2 layers with direct access; 

  Bay-Iso function for isolated bank/layer switching
 100 mm faders + 10 rotary controls; channel display for every  

 fader with sense-triggered change of module display in the  
 Channel Display
 Up to 5U 19” integration
 Danner module integration

Signal Processing
 888 channels and 144 summing buses, 40-bit floating point
 Up to 760 inputs with A / B input, up to 64 sub groups, 32 aux  

 sends, up to 96 track busses, up to 48 main sums, change on  
 the fly from mono to stereo to surround channel and bus
 Up to 96 surround channels, 256 GPC channels
 Surround formats: DTS / Dolby ® Digital 5.1, Dolby ® Pro-logic

 4.0, DTS ES / Dolby ® EX 6.1, SDDS 7.1, DTS-HD 7.1; various  
 panning characteristics, surround aux bus
 2* AFL: 1* surround 8-channel, 1* stereo 
 2* stereo PFL
 Audio-follow-Video with 128 events, control either via 

 Remote MNOPL protocol or via GPIO; adjustable envelope  
 up to 10 s fade time 
 Solo In Place 
 Permanent input metering on the fader; selectable metering 

  of INPUT, PF, AF, DIROUT, on the Channel Display
 Modules: INMIX with MS-Decoder, Digital Amp, 2-band fully  

 parametric Filter, 4-band fully parametric EQ, 2-band fully  
 parametric Sidechain Filter, Insert, Delay up to 1800 ms (units  
 in metres, milliseconds, frames), Expander, Gate, Compressor,  
 Limiter, Image, Meter, Direct Out
 Inline configuration with send / return switching — channel  

 or global
 128 VCA masters with metering of up to 8 slaves
 Fully-equipped surround channel with linking of all channel 

  parameters and Hyper Panning 
 AMBIT Upmix with normal channel latency, available for every  

 surround channel
 Loudness Metering compliant to EBU R128 & ATSC/A85, 

 available for every surround, stereo or mono channel; integrated
 metering for every sum and group

Routing Matrix
 Up to 8192 crosspoints, non-blocking
 96 kHz, 24 bit 
 Fully redundant signal path
 Downsizing up to 7.1 to Stereo 
  Full networking of up to 14 Nova73 Cores, share and import 
of sources and destinations, studio arbitration function

 Full snapshot and production portability independent of  
 matrix or DSP size
 Level control for every input and output

Plug-in Server
 Full VST plug-in integration with storage of plug-in parameters  

 in snapshots and production data

Interfaces
 Mic / Line, Line Out, AES, 3G SDI, MADI, ATM, GPIO, Serial,

 MIDI, RAVENNA, Audio-over-IP, Dolby En-/Decoder Plug-In; 
 for details see DALLIS product information
 Monitoring systems in stereo and surround

Synchronisation
 Two redundant inputs with automatic detection of 

  Blackburst, Wordclock, AES3, MADI

Redundancy
 PSUs, DSP card, router card 
 Fully redundant signal path
 Redundant control system, exchangeable during run time; 

 full data redundancy
 Fully redundant control surface architecture
 PSU for control system and control panel

Control
 Bay-Iso with separate layer and bank switching, 

 plus second PFL / AFL bus
 Global A /B input switching
 Mix-minus control with two conference systems
 Various tally and fader start modes
 Programme switch
 Machine control
 Audio-follow-Video
 Manifold T/B integration
 Remote control of camera microphone

External Control Systems
 Remote control via network
  Online configuration via AdminHD; graphic configuration of 
Nova73 components
 External matrix control for BFE, VSM, Evertz, Miranda,

 Sony and others
 Ember+
 iPhone App

Remote Maintenance
 Connection via Internet Remote Software
 Remote software updates, error diagnostics
 mxGUI: remote control of console via laptop

mc² 90 — No compromises.

 Freely configurable control surface (more than 200 faders) 
 with optimum adaptability to individual workflows
 Intuitive operation and perfect ergonomics

 (two-operator layouts available)
 Highest security with a redundant control processor
 Loudness integration EBU R128 and ATSC A/85

The mc² 90 key benefits at a glance:
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mc² series — Lawo Remote App.

Wireless control for your mc2 consoles:
The Lawo Remote App.

It is not important that the concert sounds great to the FOH 
engineer — what counts is the sound that the audience hears. 
And unfortunately, it is not always possible to locate the FOH 
console in an ideal listening position; sometimes it is off to 
the side of a hall, to the rear or under a low balcony where the 
mix sounds very different to the main auditorium.

To fine-tune a mix in less-than-ideal conditions, Lawo has 
released the Remote iOS App, providing remote control of the 
faders of an mc² console, as well as recall of console snapshots 
with individual DSP settings and router crosspoints.

It is even possible to remotely control the central user buttons 
on the console, so that every function available can be 
accessed via iPad. For example, DAWs can be remotely 
controlled so that recorded rehearsals can be used for further 
soundchecking. With all these functions remotely available, it 
is quick and simple to make changes to the sound from the 
auditorium — the place where the audience will hear the 
performance.



mc² series — Loudness Metering.

Key features of Lawo Loudness Metering:

 Uniform audio output without annoying loudness jumps

 Total loudness control according to ITU-R BS.1770-1
(EBU R 128 or ATSC A / 85) standards

 Metering of individual channels in Momentary or Short-Term mode

Perfect overall control thanks to a permanent 
display on the GUI

Conventional peak metering is still accessible

Available for all mc² series consoles from software release v4.14

For the first time ever in mixing consoles:
Loudness Metering from Lawo.

GUI Loudness Metering

You change the channel, and the picture changes — and un-
fortunately so does the loudness of the audio. Even during a 
single programme, this “War of Loudness” is an irritating  
phenomenon. The result: TV viewers, time and time again, 
have to grab the TV remote between programmes, so they can 
change the audio level to their personal listening preference.

Uniform audio output without loudness jumps.
So that loudness adjustment no longer needs be left to the 
end user, the ITU has developed the BS.1770-1 standard, 
which enables loudness to be measured using objective  
criteria. This was, over the last two years, a starting point for 
the EBU and ATSC to define a uniform standard for loudness 
metering in the USA and Europe.

Based on these new standards, Lawo has incorporated loud-
ness metering in their mixing consoles that, for the first 
time, is now available for all mc² series consoles. The benefit 
for TV viewers: a uniform audio feed without irritating jumps 
in loudness, and audio that provides a subjective listening  
experience.

Direct access to EBU/R128 or ATSC / A85.
Lawo’s Loudness Metering function, which can be combined 
at any time with a True Peak display, enables loudness me-
tering of any individual channel in Momentary or Short-Term 
mode, with each main output facilitating the integration of 
loudness metering over time. In addition, Loudness Metering 
for a complete production can be displayed in the GUI header, 
and preset functions enable direct access to the EBU R128 or 
ATSC A/85 standards.
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mc² series — Lawo Dolby® E Plug-in.

Genuine software innovations come from Rastatt:
The Dolby ® E Plug-in from Lawo.

Developed in cooperation with Dolby® Laboratories and 
Minnetonka Audio Software Inc: the Dolby® E Plug-in for 
decoding surround bundles. The big advantage: Dolby® E data 
can now be used not only on digital workstations but also in 
combination with the Lawo Plug-in Server which makes Dolby® 
processing software now available for use in live situations. 
Data streams can be processed on the mixing console in 
realtime, and you will benefit from user-friendly operation that 
significantly eases your every-day programme work.

SurCode for Dolby® E Decoder.
This software decodes Dolby® E data, and enables the output 
and routing of audio streams. The user interface displays the 
current programme configuration, the output metering, and 
the most important metadata. Furthermore, realtime tests and 
playback are possible at any time, thus guaranteeing consistent 
quality control.

SurCode for Dolby® E Encoder.
This tool facilitates the encoding of up to eight audio channels 
with different user-selectable programme configurations. From 
5.1 and Stereo to up to four independent Stereo or eight 
Mono channels — all the Dolby® E data and metadata can be 
displayed and updated via a simple user interface.





crystal — Compact, intuitive, automagic.

Smart technology: Ready to use. 
crystal consoles come fully operational, with a preset that meets the general demands of a 
wide range of radio applications. In addition, it allows an unparalleled degree of customization, 
offering a pool of features that is second to none. Being the perfect choice for stand-alone 
operation as well as for networked environments, crystal ensures maximum efficiency for  
on-air operation and production in all aspects of everyday work. 
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crystal — Compact, intuitive, automagic.

crystal series.
Introduction.

The crystal success story continues: after more than 1,000 
installations in radio facilities and small broadcast applications, 
SNG and ENG vans, and TV production suites, Lawo has 
developed a yet more powerful crystal console. The cost-effective 
entry point into the Lawo world of mixing offers all of the flexibility 
and customizability for which Lawo is renowned, and provides 
a future-proof investment for both commercial and public 
broadcasters. With crystal, RAVENNA / AES67 compatibility is 
available today. Smart technology, ready to use. 

The new crystal mixing console comes with VisTool, a powerful 
touchscreen optimized PC software for extended visualization 
and control of crystal installations. In its basic version, VisTool 
is designed for clear visualization, while the unlimited version of 
VisTool can be completely customized to meet any requirements, 
displaying all parameters or only those that are essential.

With crystalCLEAR, the virtual mixing console is a reality – 
it transfers crystal functionality completely to touchscreen 
operation and opens new horizons for self-operation. Without 
the limitations of physical knobs, buttons and faders, the virtual 
console presents operators with only relevant controls and 
information, hiding anything that is not needed for the task at 
hand. Like any crystal console, crystalCLEAR optimizes radio 
workflows with smart functions like AutoMix and AutoGain. 

What`s new?  
 
Based on feedback from the users of more than 
1,000 crystal mixing consoles, the new crystal 
offers extensive improvements. The console’s user 
surface is completely re-designed, providing a clear 
layout in a slim and classy chassis. A new hand 
rest increases the console’s ergonomics, and the 
re-designed buttons improve the readibility of their 
labels. The new preset configuration facilitates 
quick and easy use, and is the perfect basis for 
further customization. In addition to other features, 
crystal provides all fader sources, a general bus 
configuration, a control room and guest monitoring. 

The newly designed crystal base unit features 
power supply redundancy and optimized expansion 
slots for even more convenient addition of 
I/O cards. New functions like the integrated 
AutoMix and AutoGain provide outstanding  
ease-of-use, especially to journalists and presenters 
in self-op situations.



State-of-the-art technology and ultra-slim construction.
The crystal console is a genuine eye-catcher in any studio. But 
it is not just the appearance of the console that is impressive. 
The build quality and integral attributes of crystal will meet 
the highest demands – from its superb all-metal case and 
100 mm faders with integral dust shield, to its excellent signal 
processing capabilities.

crystal
Design

crystal — Compact, intuitive, automagic.



Ergonomic design for optimal workflow. 
Apart from its modern appearance and renowned Lawo build 
quality, crystal will also impress with its outstanding ergonomics. 
Two high-visibility OLED displays per channel provide an ideal 
overview. Various functions can also be assigned to multi-
purpose buttons (e.g. PFL, on/off, start/stop, mute, conference, 
talkback). Multi-color LEDs indicate different functions by color 
schemes. In addition, a set of four user buttons on each fader 
strip can be assigned with dynamic functionality that is labeled 
in the OLED display.
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Customization.
Even though crystal consoles come with a working preset, they 
offer a high degree of customization and an unparalleled pool 
of workflow optimizing functions and features.

The console provides all of the comprehensive functionality 
found on a conventional mixer, as well as an integrated matrix of 
up to 288 I/Os. These I/Os can be pre-packaged from a broad 
range of modules including RAVENNA Audio-over-IP, MADI, 
AES and Mic/Line.

The control surface is available in variants offering from 4 to 16 
faders. All pushbuttons are illuminated with RGB LEDs enabling 
users to work with color schemes for different functions – e.g. 
giving every signal processing function its own coloring (blue for 
EQ, magenta for DYNAMICS, etc.). 

Nearly every button on the user interface can be configured 
to meet the individual requirements. Custom functions can 
be easily labeled using exchangeable inlays. In addition, the 
console provides status LEDs below the faders, which can be 
used as a color marking (e.g. red for DJ, blue for guest, yellow 
for radio automation, etc.) or signal presence indication. Better 
overview gives confidence in operation, especially in busy live 
situations.

The possibilities for system administrators are countless. 
They range from small n-1 set-ups to a full-blown conference 
matrix, and from a single control room monitoring to multiple 
monitoring buses. Or from a few internal console snapshots to 
unlimited console and channel snapshots in a database, and 
from a fully accessible console to a restricted user interface 
defined by user-rights management. 



crystal — Compact, intuitive, automagic.

With the integrated AutoMix function, mixing and 
hosting a talkshow is a breeze. Simply let the console 
take over control of the microphone mix, awhile 
the talent conducts the interview. AutoMix reduces 
ambient noise from open microphones while keeping 
the overall volume of the mix at a constant level. 
AutoMix also works perfectly as a ducking function for 
voiceovers live on air. 

Looking for even more simplification? With AutoGain, 
the talent can calibrate all microphone signals easily 
and without understanding dB values and overloads. 
At the press of a button, AutoGain levels microphone 
gains automatically within seconds, while the talent 
just talks into the microphone.

To complement the console’s surface, external 19”/1RU 
remote key panels are available with illuminated pushbuttons 
or LCD keys. An auxiliary GPIO interface for extended control 
(e.g. of third party devices) completes the range of expansion 
panels.

Beyond the limitations of hardware user interfaces, VisTool – 
Lawo’s customizable touchscreen optimized software interface 
– provides additional functionality and visualization, e.g. of DSP 
parameters, signal levels and the snapshot database.

Smart Automix & Autogain
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Interaction.

Rotary Controls For setting DSP parameters, and the 
adjustment of microphone preamps or aux send levels.

Multi-Function Buttons For the control of DSP parameters 
and bus assignment, and also for assignments to 
individual functions (e. g. PFL, conference, talkback, 
Autogain, Automix). Button labeling is provided by the 
adjacent OLED display, while visual feedback is provided 
by multi-colored LEDs.

Oled Display For the labeling of multi-function buttons 
and to display DSP parameters and bus assignments.

Access Button Channel selection to change DSP 
parameters or source assignment. 

Faders Long-life 100mm faders with built-in dust shield. 

Multifunctional Status Display This oval display indicates 
the source group or audio presence using multi-color 
LEDs.

Oled Display Indicates the source name (label). Permanent 
display, large characters and central positioning provide 
for maximum readability during operation.

1

2

3

4

5

6

7

Multi-Function Buttons Large buttons for the most 
important or regularly used functions such as ON/OFF, 
PFL, mute or the start control for source feeds – optimally 
and placed for quickest access in the lower area of the 
control surface.

Ambient Light Sensor Provides automated brightness 
control of displays and buttons, according to the ambient 
light in your work area. 

Peak Meter with Integral Correlation Meter For the level 
and correlation display of summed or monitor signals.

Function Buttons These buttons are used to operate 
DSP parameters, select summing and aux buses, and for 
snapshot control. 

Rotary Control with Label Button This is for setting 
the level and balance of, for example, the monitor or 
headphone signals. Using the assignment button, the 
control can be labeled.

Multi-Function Buttons Normally used to select monitor 
sources. The buttons can be individually assigned and 
labeled.

Multi-Function Buttons Further buttons for MUTE, DIM or 
talkback.

8

9

10

11

12

13

14
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A personal graphical user interface.

From the simple press of a touchscreen button to activate an 

individual voice processing or the indication of an incoming 

call, to extended signal monitoring or the metering of selected 

signals including any type of loudness indication, VisTool does 

the job. The intuitive VisTool editor provides a comprehensive 

library with graphical elements, which can be added to the 

screen by drag-and-drop. In addition, users can enhance the 

internal library with custom made graphics.

Full functionality for your needs.

VisTool is designed to be the central screen, the information 

and interaction system for radio hosts. It is a customizable 

touchscreen optimized software GUI providing full control 

over all of the relevant functions of a crystal mixing console. 

It offers access to channel DSP processes like EQ, dynamics, 

and bus routings, input parameters and fader channel control. 

Furthermore, it provides a hi-res graphical feedback of the 

console operations and acts as a user interface itself. VisTool 

Standard is an integral part of crystal.

VisTool.

crystal — Compact, intuitive, automagic.

VisTool highlights:

 Wide range of production and mixing console parameters for viualization and 
control

 Multi-touch operation

 Outstanding user management with user related handling of console and channel 
snapshots in local or networked databases

 Custom sizing of outputs from full screen to partial views  
(docking bar)

 Highly flexible configuration tool for creation of custom page layouts

Including highly advanced graphical elements like loudness indication, faders, 
processing curves, etc.



Easy on the eyes, perfect in scalability.

These days, software plays an important role in live operation. 

VisTool plays it intelligently! It only occupies the space you want 

it to use. It can either coexist with other applications on the 

same screen or use multiple screens for extensive visualization, 

even showing parameters from several consoles simultaneously. 

By using vector graphics, VisTool can scale elements to any 

output format without loss of quality. The communication 

between VisTool and the console is realized via IP – which also 

makes VisTool ideal for remote studio control. 

*optional

crystal — Compact, intuitive, automagic.

VisTool standard:

 Preconfigured for highly efficient parameter visualization

 Central overview as docking bar with timer and clock view, 
monitoring and metering of main outputs and access to 
snapshot database

 Full screen view of channel parameters when access mode is 
activated

 Included in every shipment

Including highly advanced graphical elements like 
loudness indication, faders, processing curves, etc.

VisTool unlimited:

 Unlimited possibilities for configuring customized layouts 
using the graphics library in VisTool Editor

 Create multiple pages of different layouts, display them on 
multiple screens and switch them during operation

 Open existing configurations and adapt them to your needs

 Save and re-use groups of items as snippets.

Download more snippets from our website
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RADIO 
STUDIO EDIT SUITES

Highest usability for radio hosts: 
crystal in everyday broadcasting.
A well laid-out control surface, short user training times and 
ergonomic design make crystal a perfect choice for a presenter’s 
demanding daily routine. It’s not just the universal operating 
concept and VisTool touchscreen software that make everyday 
work easier – the easy connection to radio automation systems, 
and ingenious n-1 conference logic also provide the highest 
degree of usability, with which the crystal sets a standard for 
compact mixing consoles. 

Flexible operation for editors:  
crystal at the editor’s workstation.
Intuitive operation, logical workflow and refined functionality 
– crystal also excels with its perfect operational suitability for 
edit suites. What will impress, particularly in this application, 
are the many well-designed features that simplify production 
even in a hectic situation. A variety of feeds can be connected 
at any time; all-important functions (such as listen selections 
or GPIO control) are readily at hand, and integration with video 
environments and larger systems via SDI (embedded audio), 
MADI and RAVENNA Audio-over-IP is also supported. 

Applications.

crystal — Compact, intuitive, automagic.

crystal in everyday broadcasting:

 Well laid-out control surface for the best possible overview

 Short training time, thanks to a universal operating concept

 Ingenious n-1 conference logic for convenience and security 
during transmission

 VisTool touchscreen software for visual feedback and 
extended ease of operation

Easy connection to most established radio automation 
systems

Outstanding networking capabilities for seamles integration 
into large studio installations

crystal in everyday editing:

 Ultra-compact desktop console

 Ergonomically designed control surface for intuitive operation

 Direct access to the most important functions  

(e.g. monitoring or GPIO control)

 Flexible configuration options adapt to almost any require-

ments



MOBILE
PRODUCTIONS

Mobile broadcast production:  
crystal inside ENGs and SNGs
An industrial area ablaze, multiple collisions on the highway 
– reporters need to be on the spot immediately. The compact 
crystal in small SNG and ENG vans enables reporters to respond 
in the shortest possible time. Journalists travelling without a 
sound engineer not only reduces costs but saves vital response 
time. The console features from four to sixteen faders which 
can be assigned to a maximum of 100 sources originating out 
of 288 inputs and 32 summing buses. Audio formats include 
mono, stereo and 5.1 channel surround.

crystal — Compact, intuitive, automagic.

crystal in mobile broadcasting production

 SDI modules allow for seamless integration in TV broadcast 

setups

 Ultra-compact desktop console

 Extremely convenient operation, making it ideal for 

content-focused reporters
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Designed for efficient system architectures.
As single workstation solution or as a player in a team, 
crystal offers many features when it comes to networking. 
From MADI through RAVENNA Audio-over-IP to remote 
control, crystal provides full functional integration into 
comprehensive broadcasting systems. The console can also 
integrate external control panels for specific tasks – e.g. 
conference use, talkback circuits, I/O routing or prelisten of 
audio sources from other work areas. Up to 30 panels can be 
integrated into the system via CAN bus or Ethernet (TCP/IP).

Networking crystals.

About RAVENNA. The open standard for 
real-time IP media networking.

RAVENNA is a technology for real-time distribution of 

audio and other media content in IP-based network 

environments. Utilizing standardized network protocols 

and technologies, RAVENNA can operate on existing 

network infrastructures. RAVENNA is designed to meet 

the strict requirements of the pro audio and broadcast 

markets, and features low latency, full signal 

transparency and high reliability. While primarily 

targeting the professional broadcast market, RAVENNA 

is also suitable for deployment in other pro audio 

market segments like live sound, install and recording. 

Possible fields of application include (but are not 

limited to) in-house signal distribution in broadcasting 

houses, theaters, concert halls and other fixed 

installations, flexible setups at venues and live events, 

OB van support, inter-facility links across WAN 

connections, and in production and recording 

applications. Unlike most other existing networking 

solutions, RAVENNA is an open technology standard 

without a proprietary licensing policy. RAVENNA is 

fully compatible with the AES67 standard.

crystal — Compact, intuitive, automagic.

At a glance:

 RAVENNA Audio-over-IP networking (AES67 compatible),  
e.g. for seamless integration of playout servers

 Cost efficient MADI interfaces for high-performance  
multi-channel audio networking

 System-wide availability of signals (listen selections,  
live feeds etc.)

 Network control via TCP/IP for resource sharing or multi-
studio operation 

Support of system-wide functions (broadcast button,  
talkback, control data etc.)

Integration in video environments and larger systems via 
MADI, SDI (embedded audio) and RAVENNA Audio-over-IP



Extension PanelExtension Panel

Extension PanelExtension Panel

EDITOR‘S DESK

JADE
EDITOR‘S DESK

JADE
EDITOR‘S DESK

JADE

1   IP (Control + RAVENNA)

2   IP + AUDIO + CAN

MACHINE ROOM

TECH

PC + VisTool

on-air status of the studios, 

monitor source selection, status 

messages and remote control

EDITOR‘S DESK

JADE

NEWS BOOTH

talkback and monitor source 

selection via extension panels

STUDIO 1

monitor source selection via 

extension panel 

VisTool, crystal

EDIT SUITE

talkback and monitor source 

selection via extension panels

crystalCLEAR

STUDIO 2

monitor source selection via 

extension panel

VisTool, crystal

1 1 2

2

MAIN MATRIX

Nova17

+ ETHERNET SWITCH

talkback, on-air status of the 

studios, monitor source selection 

and status messages via 

extension panels

Extension Panel

crystal — Compact, intuitive, automagic.
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Compact size: high performance.
Equipped to the max, the crystal system core can be fired up 
instantly. In its basic configuration, the crystal base unit comes 
with all the required audio interfaces and provides complete 
routing, control and central signal processing (DSP) facilities. 
Everything is handled within the system core – communication 
between the control surface and panels, network connections 
for VisTool and for diagnostics and service, interfaces for 
external equipment such as radio automation systems and, 
naturally, audio peripherals. Should your requirements still 
not be covered, the console can be extended with up to two 
audio interface cards, fitted to the integral expansion slots. The 
cards come in various types: mic, analog line, AES3, HD/SD 
SDI (embedded audio) or RAVENNA Audio-over-IP. In addition, 
the high-performance MADI option, with up to 256 additional 
channels, facilitates connection from the core to other mixing 
consoles or audio networks, via fiber links.

crystal Base Unit.

1x HD/SD-SDI

4x Mic In / 4x Line In

4x AES3 In with SRC / 4x AES3 Out

8x Line In / 8x Line Out

1x RAVENNA (8/64 channels, redundancy port)

crystal — Compact, intuitive, automagic.



Status display with menu control

up to 4x MADI

1x Ethernet

1x CAN

1x RS422 2x Expansion Slot

Headphone 1 & 2

8x Line Out

4x Mic In / 4x Line In

4x AES3 In with SRC

4x AES3/EBU OUT

Wordclock In / Out

8x GPIO In / 8x GPIO Out

12V DC Input for power supply redundancy

Mains

crystal — Compact, intuitive, automagic.
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16-fader model (952/45)

942 mm

10.0 kg

751 mm

8.0 kg

3
9

5
 m

m

12-fader model (952/43)

crystal console

4-fader model (952/41)

289 mm

3.1 kg

8-fader model (952/42)

561 mm

5.9 kg

3
9

5
 m

m

35 mm

397 mm

4.7 kg

371 mm

3.9 kg

12-fader split model (952/44)

(51 mm incl. controls)

Power Consumption: max. 32.4W

crystal — Compact, intuitive, automagic.
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crystal Base Unit

Weight:   3.0 kg (without expansion cards)

Height:    1RU / 44.0 mm

Width:    19“ / 482.6 mm 

Depth:   414 mm

Power Consumption: max. 56W

19”/1RU panel with 12 backlit buttons, talkback microphone 
and loudspeaker

19”/1RU panel with 20 backlit buttons

19”/1RU panel with 16 LCD buttons

19”/1RU panel with 15 LCD buttons, and 1 rotary control 
(e. g. for level control)

19”/1RU panel with 14 LCD buttons, and 2 rotary controls  
(e. g. for level control)

19”/1RU panel with 32 GPIO contacts and 8 VCA inputs

Extensions

TB-12

KSC.T20

KSC.LCD16

KSC.LCD15P1

KSC.LCD14P2

KSC.GPIO32

crystal — Compact, intuitive, automagic.
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Control surface

  Control surface variants with up to 16 faders

  Compact design with case height only 35 mm (1.4”)

  Long-life 100 mm faders with dust protection

  OLED displays (160° viewing angle) 

  Buttons with multi-color backlight (RGB)

  Ambient light sensor for automatic brightness control 

  Fully stand alone operable

System core
  Base unit 19” / 1 RU with control system, signal processing  
and audio interfaces

  Integrated routing matrix (non-blocking) with up to  
288 inputs and 292 outputs

  Active cross ventilation, system-controlled
  Integral wide-ranging power supply 100 – 240 V AC and 12 V 

DC connection with redundancy switch over

Signal processing
  Up to 24 fader channels with input gain (max. +18 dB) 
and pan/ balance

  Up to 100 definitions for sources and summing buses; 
mono or stereo, 5.1 surround

  16 Equalizers: 3 fully parametric bands and 2 filters  
(mono or stereo)

  16 Dynamics units: gate, expander, compressor  
(mono or stereo)

  16 Limiters (mono or stereo) 
  16 De-esser / AutoMix (mono*) 
  16 Delays, up to 320 ms (mono*) 
  32 Summing buses (mono* including PFL)
  32 Minimixers (2 x 2 mixers for monitoring, stereo-to-mono, etc.)
  Internal tone generator

(*Stereo coupling possible)

Control
  Programmable logic core (red light, fader start,  
broadcast button, talkback integration etc.)

  Integrated n-1/conference logic (2 independent systems)
  Interface for integration with radio automation systems (serial, 
TCP/IP)

  Networking via TCP/IP (Ember+)

Synchronisation
  Wordclock input and internal generator
  Optional sync via MADI or card slot 1 (AES or RAVENNA)
  48 kHz and 44.1 kHz 

Interfaces
  4 Analog mic inputs (incl. bass cut, stereo coupling possible, 
also usable as line inputs)
  4 Analog line inputs
  8 Analog line outputs
  2 Headphone outputs (stereo)
  4 AES3 inputs (stereo) with sample rate converter (SRC)
  4 AES3 outputs (stereo)
  GPIO (8 optocouplers, 8 silent cmos relays)
  Optional MADI extension with upt to 4 ports (max. 256 mono 
channels)
  2 slots for I/O extension cards: 
– 4 Analog mic in / 4 Analog line in 
– 8 Analog line in / 8 Analog line out 
– 4 AES3 in with SRC (stereo) / 4 AES3 out (stereo) 
– HD/SD SDI embedder/de-embedder (4 x stereo) 
– RAVENNA / AES67 Audio-over-IP

Configuration and maintenance
  Software for system configuration and logic programming
  Integral web server for system diagnosis
  Dedicated SW tool for software updates
  Remote maintenance using VPN

VisTool
  Software for the enhancement of the control surface,  
support of touchscreens
  Visualisation of DSP parameters, loudness, signal levels / states
  Additional functions and controls (e. g. timer, snapshots) 
  Min. PC requirements: Intel i5 or higher (CPUBenchmark min. 
1350 Points @ http://www.cpubenchmark.net/), min. 2GB 
RAM, Windows 7 or higher

Extension Panels (option)
  Several panel variants (19”/1 RU) with illuminated buttons, 
LCD-keys, potentiometers and GPIO
  Control of logic functions and level adjustment for  
e. g. conferences, talkback and monitoring
  Connection of up to 30 panels via CAN-Bus or TCP/IP

crystal — Compact, intuitive, automagic.
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crystal CLEAR — Virtual Radio Mixing Console.



crystal CLEAR

Virtual Radio Mixing Console.
Meet crystalCLEAR, the virtual mixing console for radio. Its 
entire control surface is software, driven by a multi-touch 
interface on a high-resolution computer display. Without the 
limitations of physical knobs, buttons and faders, crystalCLEAR 
presents the user with only relevant controls and information, 
hiding anything not needed for the task at hand.

Sometimes a few faders are all that is needed to control levels 
during a segment. In this case, crystalCLEAR provides the 
necessary faders to users. At other times, more faders may be 
required to host a show mix of multiple signals.

crystalCLEAR is fast, intuitive and easy. Operators will feel right 
at home right away. It’s as easy to drive as a tablet computer, 
while powerful enough to manage complex workflows in the 
most fast-paced broadcasting environments. One touch and 
you’ll be convinced. 

crystal CLEAR — Virtual Radio Mixing Console.
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Functionality.

crystal CLEAR — Virtual Radio Mixing Console.



Fewer buttons: more control.
Software control is more flexible than the hardware buttons 
and knobs found on traditional control surfaces. For example, 
assigning a DJ microphone to a fader on crystalCLEAR defines 
the multi-purpose button above the fader as MUTE, thus 
giving the DJ a convenient COUGH button. The same button 
acts as TALK key on external sources. On other sources 
without specific features, this button need not even be visible. 
The result is that it takes fewer buttons and options to run a 
show than would be required on a physical control surface. 
And yet, even with its streamlined interface, crystalCLEAR 
is right at home in the most fast-paced and complex of radio 
workflows. 

Engineers will be happy too… Faders never get dirty or fail, 
buttons never break or need lamps replaced, and even novice 
users can learn the system in minutes without training or 
making frantic phone calls during the overnight shift. In 
addition, the system can be accessed by an engineer using 
standard tools – even remotely. 

Like all crystal consoles, crystalCLEAR also offers integrated 
AutoMix and AutoGain. The AutoMix function adjusts the 
levels of active and inactive microphones, giving a constant 
ambient that allows an interview to be conducted without 
technical operation – the console manages the microphone 
mix, while the talent conducts the interview. AutoMix also 
works perfectly with automated voiceovers live to air, while 
AutoGain provides yet more simplification. This feature 
calibrates all microphone signals at the press of a button. 
The operator need not understand dB values and overloads, 
as AutoGain levels microphone gains automatically within 
seconds, while the talent or guest talks.

Comprehensive scope of functions.
Most DJs, whether novice or experienced, say crystalCLEAR 
is faster and easier to use than traditional radio boards with 
physical knobs and buttons. crystalCLEAR has a flat menu 
structure, with only two levels. The top level is the main 
screen, which provides familiar controls. The option screens 
that users may wish to access are only one touch away from 
the top screen. Complete familiarity can be attained within 
only 15 minutes of use. 

A large clock and a small event timer are central to the 
display. Touching the timer will cause it to become large and 
change places with the clock. crystalCLEAR can be instantly 
reconfigured by recalling a SCENE or PRESET. Different shows 
and/or different users are easily accommodated. Even though 
the layout and functions are quite intuitive, a PANIC button 
returns crystalCLEAR to the current SCENE without any 
user changes. And unlike a physical surface, crystalCLEAR 
remembers every detail when loading a SCENE, even the fader 
positions. 

Though simple for operators, crystalCLEAR has all of the 
functions needed to create even complex live and recorded 
radio programming. There are dozens of available sources, any 
eight of which can be active at a time on the faders. Each 
source is configured in advance (by the installer/engineer) to 
be a mic, line, phone or codec. The system knows exactly how 
to treat each of these different source types when they are 
assigned to active faders.

Microphone sources, for example, will automatically mute 
the monitor speakers when engaged. crystalCLEAR will 
automatically create backfeeds (mix-minus) for phone and 
codec sources and activate TALKBACK features. All of this 
is transparent to the operator who never has to worry about 
creating a mix-minus or ensuring that speakers are muted 
before bringing up a fader. Everything is “automagic”.

crystal CLEAR — Virtual Radio Mixing Console.

Smart AutoMix & AutoGain

90 91



Interaction.

Options key opens source related functions menu, and gives 
access to channel presets

Metering of main program output

Source name indication, also calls the source selection menu

Count down/up timer for channel open indication. Swaps 
position with clock when touched

Access to SCENE preset menu

Indication of currently loaded preset

Large clock with colored seconds indication for precise 
readability

PANIC button reloads last snapshot

Metering of monitored source

Source-related multi-purpose key to activate channel‚ 
specific functionality
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Central indication of open microphones and speaker mute 
activation 

Opens GUEST monitoring menu for source and volume setting 
of the guest headphone

Central TALK TO guests button activates a global talk from the 
DJ to his guests.

Volume control for control room speaker and DJ headphone

Indicates active CUE and ends it when touched

Opens control room monitoring menu with source selection and 
split mode setting

Large format, easy touch controlable faders for precise touch 
screen operation

Integrated metering signal showing the input signal pre fader

On/Off key activates channel for mixing

CUE enables pre fader listening for any source
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crystal CLEAR — Virtual Radio Mixing Console.



Interfacing.

User Interface.

 Multi-touch enabled mixing control

 Intuitive GUI optimized for fast-paced radio workflows

 3 stereo mixing groups (PGM-1, PGM-2, RECORD)

 Integrated CUE (PFL) feature with metering

 Programmable SCENE presets recall every detail

 Precision stereo PPM meters

 Large time-of-day clock (synchronizable to NTP server)

  Event timer can count up or down and can be automatically 
started by selected channels

  Talk buttons automatically appear on mix-minus channels

 Support for guests with talkback

  PANIC button clears any changes to current SCENE

  24 sources available, eight can be simultaneously active

 Advanced DSP for microphones and external sources

DSP Core.

 Broadcast-grade compact 1RU rack-mount audio engine

 All audio in engine – PC is control only

 Low noise microphone preamps

 Two separate amplified headphone outputs

 Balanced analog inputs and outputs

 AES/EBU digital inputs and outputs

 Integrated Line I/O extension card

 Optional RAVENNA AoIP interface (AES67 compliant)

 Power supply redundancy

 GPIO for ON AIR lamp and speaker cuts

Headphone 1 & 2

8x Line Out

4x Mic In / 4x Line In

4x AES3/EBU In with SRC

4x AES3/EBU OUT

Wordclock In / Out

8x GPIO In / 8x GPIO Out

12V DC input for power supply redundancy

Mains

Status display with menu control

up to 4x MADI

1x Ethernet

1x CAN

1x RS422 2x Expansion Slot 8x Line In / 8x Line Out
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PC Requirements
  Intel i5 or higher (CPUBenchmark min 1350 Points @  
http://www.cpubenchmark.net/)
 Min. 2GB RAM
 16:9 display resolution (up to Full HD, touch enabled)
  Windows 7 or higher

Signal Processing
 Touchscreen-optimized “software only” control surface
 Up to 8 touch enabled faders + monitoring section
  4 mic channels, each with fully parametric 3-band EQ,  
2 filters, dynamics unit (gate, expander, compressor,  
limiter, de-esser)
  3 external lines, each with fully parametric 3-band EQ,  
2 filters, dynamics unit (gate, expander, compressor,  
limiter, de-esser)
 AutoGain & AutoMix functionality

crystal CLEAR — Virtual Radio Mixing Console.

Technical Details



crystalCLEAR Base Unit
 19” / 1RU DSP core with signal processing and audio I/O
 Active cross ventilation, system-controlled
  Integral wide-range power supply 100 – 240 V AC and  
12 V DC connection with redundancy switchover
 Weight   3.0 kg (without expansion cards)
 Height   1RU / 44.0 mm
 Width   19“ / 482.6 mm
 Depth   414 mm
 Power Consumption max. 56W

Control
  Preconfigured logic core
  Interface for integration with radio automation systems
 Networking via TCP/IP (Ember+)

Synchronisation
 Wordclock input and internal generator
 48 kHz and 44.1 kHz

Interfaces
 4x analog mic / line inputs
 6x analog stereo line inputs / 8x analog stereo line outputs
 2x headphone outputs (stereo)
 4x AES3 inputs (stereo, with SRC) / 4x AES3 outputs  

  (stereo)
 1x TCP/IP RAVENNA AoIP (4x stereo in / 4x stereo out)*

 GPIO (8x optocouplers, 8x silent cmos relays)

* optional, available Q4 / 2014
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As powerful as ever, as attractive as never before: With the sapphire, a mixing console 
has become available that combines the best of both worlds. This console for radio 
broadcast is not limited to proven cutting-edge technology but also offers an eye-catching 
new design. The advantage: while technicians will be convinced by the possibility of various 
upgrades, maximum flexibility and sophisticated functionality, radio broadcasters will be 
continually impressed by the modern, clearly laid out control surface, which makes 
working with the sapphire fun. In addition, the sapphire offers everything expected from 
a powerful mixing console: top quality, intuitive user guidance and clever solutions, all 
of which guarantee even greater working efficiency.

sapphire — A step ahead.
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sapphire — A step ahead.

The sapphire is not only a convincing soloist — it also performs as a perfect team player. For example, the 
sapphire can fit perfectly into broadcast networks. Besides the option of low-cost audio connection via MADI 
interfaces, broadcasting setups can also be realized at a control level — featuring, of course, resource sharing, 
standby production cubicles and multi- studio operation. At the same time, freely configurable control signals 
can be distributed via Ethernet-TCP/IP to other independent systems, thus enabling multiple and cross-system 
functions, such as program switches, talkback, conferencing, monitoring selections and red light routing. 
Another benefit: the high cost-efficiency of integrated sapphire solutions.

The best solution for a broadcast complex: 
Interconnection of several systems via network.
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Whether you are a radio host, DJ or 
editor, your one main concern is to 
produce a show that your audience will 
want to listen to. That means controversial 
topics, lively presentation and captivating 
contributions. It also means the right 
equipment: equipment that can be 
operated intuitively, is easy to understand 
and can still handle the multiple 
requirements of day-to-day radio work. In 
other words, the sort of features provided 
by the sapphire — the functional mixing 
console for hosts who want to focus on 
what is essential: superb broadcasts.

The best solution for radio hosts:
Maximum results with minimum expense.

sapphire advantages for hosts:

 Reduced control surface results in a short learning curve

 VisTool touch screen software for visual feedback and enhanced user interface

 Motorised faders for the best overview and perfect interaction  
with radio automation systems 

 Sophisticated n-1/conference logic for relaxed and secure broadcast operations 

 Source-oriented operation — eg. stereo and surround formats on one fader

 Intelligent user management for increased operating safety  
(access only to required functions)



Modular technology — today’s intelligent solution. Your individual requirements will  
determine which sapphire configuration is the right one for you. All you need to start 
broadcasting is a central module, a channel module and a couple of interfaces. However, 
the sapphire is also able to meet more demanding needs — with the addition of more 
channel modules, a sapphire can be transformed into a true production mixing console, 
placing a total of 60 faders at your finger tips. But potential configurations go beyond 
the console’s surface. A specific example: Level and control options are displayed directly 
above the respective channel in the overbridge, offering more ease of use and the best 
possible workflow in daily productions.

The modular console concept allows for up to 15 channel modules, each with four 
motorized faders, so that the largest system gives you direct access to 60 channel 
strips. Each channel strip is clearly laid out, and makes the most important functions 
always available, based on a source-oriented concept. Virtual channels also allow you 
to work on several operating levels — thus enabling a channel module to access many 
more channels than the number of physical faders. And, especially practical during 
installation, frames with their included modules are connected to each other by just one 
cable, so they can be placed anywhere in or on the table; this allows your workspace to 
be configured just the way you want it!

The Channel Module:
Several layers on one control surface.

The compact central module enables access to all signal parameters, bus assign-
ments and snapshot control. The buttons in the monitor section can be used to 
select monitoring sources or can be assigned to other functions. This makes the 
most important functions directly accessible, and you gain from a high level of user-
friendliness, enabling you to work quickly and with confidence.

The Central Module:
Fast access to all functions.

sapphire — A step ahead.



sapphire — A step ahead.

The fader and central modules provide a basic configuration to 
which you can add various optional extensions. These include 
additional rotary controls and buttons that can be freely assigned 
to different functions. The advantage: you can configure a 
console to optimize your personal workflow, according to your 
specific requirements.

The extension modules:
For an efficient workflow.

The optional overbridge offers integral features that guarantee 
a highly efficient workflow in daily radio broadcast. It acts as a 
visual extension for channels and the central control section, 
using VisTool to display levels and other control elements. With 
its touch functionality it expands the physical user interface of 
the sapphire even further. The overbridge is not only available 
for all versions of the sapphire, but can even be used as a 
standalone unit.

The overbridge:
Better overview and simplified controls.

Different operator teams, different program 
formats, individual workflows — and one 
mixing console that can be adapted  
perfectly to your needs. Thanks to its top 
performance and extensive configuration  
capability, you can set up a sapphire to 
meet your every need. For example, with 
the help of the provided software you can 
enter individual settings for interfaces, 
sources and summing mixes, freely assign 
relay functions and flexibly create moni-
toring systems and remote controls. And 
all of this by the simple use of a WindowsTM 
graphic application.

The sapphire
‚
s configuration highlights:

 Individual definition of sources, destinations and summing busses, 
including integral functions and resources

 Freely programmable console buttons and monitoring section

 Simple allocation of names and control functions 
(such as mix minus, talkback or fader starts)

 Extensive programming of logic functions including optocouplers 
and relays, eg. red light control

 Individual user administration with personal log-in. Membership of groups 
defines the individual rights incl. snapshot-groups; administration via VisTool

Channel labels can be changed during runtime

Simple, flexible, and made to measure:
Configuring a sapphire.
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sapphire — A step ahead.

As individual as your needs:
sapphire’s four most important components.

Modular extension with custom panels with  
intercom functionality.
However you want it: sapphire systems can be expanded 
to incorporate as many as 30 pushbutton panels for the 
individual requirements of commentator or editorial rooms, 
for example. All devices are completely integrated into the  
system configuration, and can be assigned any function. For 
example, to operate the talkback matrix of the sapphire – which 
is powerful enough to substitute an additional talkback system.

More operator satisfaction with VisTool.
An improved overview and extended functionality; this is made 
possible by the VisTool touch screen software. On a graphically 
eye-catching screen layout, you can keep a check on signal 
level and DSP parameters at all times. You will benefit from 
additional tools such as trigger circuits or central snapshot 
databases, and can freely arrange the console’s control panels 
to meet your own requirements.

High-performance core. 
Based on the proven DALLIS interface, the sapphire core 
handles routing, control and signal processing (DSP). In 
addition, it is the interface for console modules and panels, 
for VisTool software and radio automation systems. But there 
is more to it than that: the core can also be connected via 
MADI to other routers — or as the Nova17, even be used as an 
independent router.

Different control surface layouts.
Channel module, central module, the overbridge or several 
extension options: with the sapphire, you can build a mixing 
console to suit your individual needs. Whether you are operating 
a small independent studio, a large broadcasting complex or a 
major TV production facility, the various layouts offered by a 
sapphire cannot fail to provide the right answer for you.



sapphire — A step ahead.

Technical Details

Panel
  Available as desk top or integrated version
  Up to 60 motorized 100 mm faders
 Operation possible with multiple operating layers (multi-layer, 

 up to 120 virtual faders)
  Panel version with extensions available as upgrade
  Optional visual extension with multi touch function to display 
channel levels and operation modules

System core
  Modular plug-in card system based on the DALLIS I / O system 
  Central motherboard with integrated control system and signal 

 processing (redundantly designed as an option)
  Integrated matrix with up to 512 inputs and outputs 

 (non-blocking, 384 MADI + 128 DALLIS I / O-slots) 
  PC-independent and fan-free operation
  Optional redundant power supply

Signal processing
  Integrated routing matrix, 768 x 768 crosspoints, non-
blocking, transparent routing

   96 mono DSP input channels (stereo, surround or simulcast, 
coupling possible) with input gain, panpot / balance,  
direct out and insert

  128 DSP modules (96 on input channels, 32 on sums,
 coupling possible like input channels)
 – EQ (3 fully parametric bands and 2 filters)
 – Dynamic units (gate, expander and compressor)
 – Limiter
 – Delay (up to 340 ms with switchable units: metres, ms or frames)
 80 mono summing busses (stereo or 5.1 coupling possible)
  500 meters (mono; stereo and surround coupling possible) 
with loudness function on sums and channels

  64 mini-mixers (2 x 2 + 2 x TB 1 out of 8, for monitoring,
 stereo-to-mono, etc.)
  32 Deessers (mono)
  Integrated intercom matrix with up to 64 talkback stations

Interfaces
  Analog Mic / Line (transformer or el. balanced)
 Headset (incl. VCA interface)
  AES / EBU (AES3) with and without sampling rate converter (SRC)
  ADAT ® (ADAT ® is a registered trademark of Alesis, LLC 

 and is used here under license.)
  3G / HD / SD SDI (embedded audio)
 Serial data transfer (RS232, RS422, MIDI)
  GPIO (OC, Relay, VCA)
  2 or 6 MADI ports on the masterboard
 IP codec 
  RAVENNA Audio-over-IP option

Synchronisation
  Wordclock input and internal generator
 Optional via MADI
 Supported sample rates 48 kHz and 44.1 kHz 

Control
  Up to 5 PFL busses
  Surround sources (5.1 or 5.1+2) and busses (5.1) 
  Integrated mix-minus /conference logic
 Freely programmable logic core (redlight, faderstart, program 

 switch, TB integration, etc.)
   IP-based and serial interface for interaction with radio 
automation systems (“sapphire” operating mode)

   IP-based and serial interface for matrix control (“Nova17” 
operating mode)

  Controller and routing matrix optionally redundant
  Ember+ interface for integration with master control systems
  Optional MIDI interface for interaction with audio workstations 

 (HUI protocol e.  g. for ProTools™)
  Remote control of external Lawo matrices possible 

 (e.  g. source selection)
 Optional control via touch screen (VisTool)
  Optional graphic matrix control (NovaConnect)

Configuration and maintenance
  Software for system configuration and logic programming
   Remote control of nearly all console functions with the help of 
VisTool, also via VPN

 Integrated web server for system diagnosis
  Dedicated SW tool for performing software updates
  Remote maintenance via IP

Please note that certain system components and functions may require 
individual configuration, which may incur additional costs, depending on the 
respective service provided. 

 Modular surface, including optional extensions 
 and overbridge, with a fresh design 
 Available as table top or countersunk versions
 Workflow adaptive surface with outstanding usability, 

 multi-layer operation and motorized faders
 Proven system core with a variety of I/O modules, 

 surround and extended networking capabilities

The sapphire key benefits at a glance:
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Technology to excite the non-technical.
Phone signal, microphone signal, summing bus — everything 
handled intelligently, only a touch on the screen away. No 
need to worry about audio sources, as everything is right where 
it belongs — enables journalists to be more effective and work 
in a targeted manner. At the end of the day, they want to focus 
on their conversations, and not on the technology. 

Components working in harmony.
Simple, coherent solutions and software packages are a 
technician’s dream, with non-techies able to rejoice that the 
technology is almost invisible. This is the greatest advantage 
of VisTool, JADE and EDIT: stand-alone software solutions 
which combine into an integrated system, for continuous pro-
cesses and greater efficiency in daily production. 

12.30 pm in the newsroom.
The press conference was thrilling, and the journalist has an angle on the 
story. He boots his laptop — he has 30 minutes before the feature must be 
ready. His phone rings — the interviewee is on the line. “This conversation 
will be a difficult one”, the journalist thinks, “but at least I don’t have to 
take care of the audio-technology.” That’s a blessing. And all thanks to Lawo.

Radio Tools — User-friendly, efficient, innovative.



VisTool
Full functionality — to your needs.

A personal graphical user interface. Simply better.
From the simple press of a touch-screen button to activate an 
individual voice processing, to the indication of an incoming 
call, to an extended signal monitoring or the metering of 
selected signals including any type of loudness indication —
VisTool works as easily as this. You can use VisTool  to bundle 
various functions into a single user interface, so that the users 
only have the absolutely critical control elements before them. 
This automates and significantly simplifies processes, fewer 
errors occur and your talents can concentrate on their actual 
job.

Easy on the eyes.
These days, usability and intuitive operation are vital factors 
behind the success of any software. As a result, we have placed 
particular emphasis on an attractive design and a simple 
interface. Thanks to the use of vector graphics, it is possible to 
resize the VisTool pages to the same layout and to enhance the 
internal libraries with custom made graphics. A further 
advantage: it is even possible to display and remote-control 
console faders — which makes VisTool the ideal solution for 
remote studio control. 

VisTool is a customizable touch-screen interface designed for full control 
over all relevant functions of a connected sapphire or crystal mixing 
console, a Nova29 or Nova17, or the JADE. It offers control access to 
channel DSP processes like EQ and dynamics, to bus routings, input 
parameters and fader channel control. Furthermore, it provides a hi-res 
graphical feedback of the user’s interactions. Whatever is required for 
signal metering purposes — it can be individually realized with the VisTool 
MK2. VisTool — a consistent user interface which sets new standards.

VisTool — The touch-screen user interface. 
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For your infrastructure: A complete system. 
Yes, it is possible to invest in individual tools. Or in a 
complete system. The advantages of the complete solution 
are clear: a compatible, coherent system shortens training 
times and allows different teams to find their way rapidly 
through consistent working environments. It is no problem 
to transfer a production from one studio to another thanks 
to centrally stored data, and sound engineers or journalists 
find the working environment with which they are 
familiar. Our broadcast applications guarantee uniform 
and easy-to-understand processes — simply put, they 
guarantee greater efficiency!

VisTool highlights:

 Widely ranging production and mixing console parameters 
are displayed at a glance

 Multi-touch operation and intuitive interfaces

 Effective user management and the individual  
management of presets and snapshots

 Management of Lawo software as well as hardware  
by means of a single tool

 Improved, easy-to-understand VisTool editor configuration

 New elements (VU meter, DeEsser, status display, Loudness 
indication, etc.)

For reliable system and user management.
VisTool is the nerve center of your studio 
installation. It may work as a user 
interface for JADE. But VisTool also gives 
you direct access to your hardware, so 
that you can control mixing consoles or 
switch crosspoints. In this way, VisTool 
even enables remote access to the 
relevant system or mixing console. This 
simplifies support as well as configuration 
and maintenance. A further highlight of 
software-based working is unified user 
management. Thus, settings such as 
presets and snapshots can be managed 
in a user-related manner, e.g. in a central 
database. This provides the journalists’ 
individual settings on any workplace. For 
flexible coordination of resources — in 
everyday work as well as in a breakdown 
scenario.

VisTool — The touch-screen user interface. 



JADE:
PC Audio, simplified, unified.

JADE — Virtual Audio Routing.

PC Audio for broadcasters unified and simplified.
The modern PC is amazingly powerful – so powerful in fact, that it has become the standard 
tool for audio recording, playback, editing, and encoding throughout broadcast facilities. 
Broadcasters are using applications for live remotes, Skype and VoIP calls, processing and 
sweetening and many other functions. There seems to be almost no limit to its possible 
applications. On the surface, it appears to be the perfect universal tool for audio. And it 
may well be. 
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JADE — Virtual Audio Routing.

Virtual Audio Routing.

Audio handling as you know it.
Anyone who has ever wrestled with PC audio will tell you that 
things could be better, however. Simply changing the routing 
of applications or interfaces can produce wildly unpredictable 
results – loudspeakers fall silent and the headset that was 
being used for Skype is now feeding the editor. And why does 
clicking on an MP3 file in an email launch WMP and break the 
playout software? These are typical of the shortcomings that 
broadcasters find annoying at best, and catastrophic when they 
appear at critical moments.

JADE – the virtues without the hassle.
At Lawo, we listened to these tales of woe and decided to do 
something about it. Meet JADE Studio and JADE Engine, the 
virtual audio routing solutions for PC. JADE is middleware – it 
manages all audio passing into and out of the PC, and provides 
a unified interface for all audio applications, even when using 
multiple audio hardware pathways. It can remember routings 
for different tasks and recall them in an instant. It provides 
advanced mixing and level control through an intuitive GUI. 
It even contains a suite of dedicated processing tools, created 
by the audio specialists here at Lawo, that can be easily 
dropped into the signal chain.

Easy PC audio for efficient broadcasting.
In short, JADE answers that most common of questions: Why 
can‘t PC audio be easier? JADE simplifies complex workflows, 
resulting in fewer errors, fewer surprises and fewer panic calls. 
And because JADE makes everything simple, it can be used 
by audio novices – including journalists and news editors – 
to operate more independently. This will reduce broadcasters’ 
operating costs and free their audio specialists to concentrate 
on more challenging programming content.
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Overview.
JADE Studio is the ideal tool for PC-based content production, 
turning existing PCs into easy-to-use production workstations. 
Instead of producing in a few, dedicated edit suites, the stand-
alone software solution JADE Studio allows a decentralized 
workflow with journalists producing in parallel on their standard 
newsroom workstations, covering scenarios like soundbite 
editing, recording from internet livestreams, TV or radio 
programs, and conducting phone interviews. 

All of this can be done without moving to a dedicated studio 
or edit suite. Phone signal, microphone signal, summing bus – 
everything is available at a glance, laid out as the user would 
expect. No need to worry about audio sources and connections, 
as JADE Studio takes care of it.

To maintain a consistent user experience, also within edit 
suites, JADE Studio is perfectly suited for managing voice 
recordings and live interviews, including external lines or 
codecs. JADE Studio even allows laptops to become mobile 
audio workstations with all the features needed to produce 
on location at press conferences, hotel rooms or sporting and 
special events.

With JADE Studio, broadcasters can optimize their content 
production workflows by enabling less technically trained 
journalists or news editors to produce more independently, 
resulting in more content in less time.

JADE Studio

JADE Studio — Overview.
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JADE Studio — Functionality.

Functionality.

Audio
Being middleware, JADE Studio can simultaneously handle 
connections to audio hardware and software. On one hand 
it knows all the soundcards available to the system and can 
load their drivers; on the other it presents multiple virtual 
audio drivers that can be accessed by software to establish 
an audio connection. JADE uses common driver interfaces 
like ASIO, WASAPI and WDM to ensure compatibility with the 
environment in which it operates. Once the audio signals are in 
JADE Studio, they can be freely mixed and routed, no matter 
where they have originated.

Beyond local audio, JADE also manages networked audio. 
JADE Studio provides a native RAVENNA Audio-over-IP 
interface. RAVENNA makes it easy to establish direct IP audio 
connections between the broadcast infrastructure and PC 
workstations running JADE Studio. Where the need for sound 
processing arises, a built-in plugin suite provides the same 
algorithms that are found in Lawo’s broadcast mixers.

Control
JADE Studio makes PC audio handling yet more valuable for 
broadcasters by emulating the functions of dedicated hardware 
mixers. In JADE Studio, audio channels are treated as full-
featured sources with inputs, processing and customizable 
bus-assignments. For phone-type sources a clean-feed  
(mix-minus) with talkback can be used. A dedicated monitoring 
functionality with independent speaker and headphone output 
is also provided, and muting red-light logic automatically cuts 
the speakers if certain sources are opened. Snapshots can 
instantly recall full working scenarios, including the launch of 
other programs if required. General-purpose functions – like a 
cough button – can be chosen from the library and assigned to 
user keys. The integrated timer can be linked to source faders 
to be started on opening the fader.

To further integrate with the broadcast infrastructure, JADE 
provides eight virtual GPIOs via the open IP control protocol 
Ember+ and a control interface towards Lawo Nova73 routers.
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JADE Studio — Interaction.

Interaction.

User Interface
JADE Studio has an intuitive touchscreen-optimized user 
interface, which can also be operated by mouse if desired. 
Its clear and non-distracting layout provides straightforward 
operation, even in the most fast-paced situations.

Long-throw faders for sources and monitoring outputs allow 
smooth leveling; large-scale PPM meters visualize input and 
output levels. Sound processing is made simple with processing 
presets that can be enabled with a single click. There is no 
need to manually tweak – or even to see – complex effect 
parameters.

It is not always necessary to see the full user interface of
JADE Studio, but it is important to have direct access to its 
functions. This is why we created the Taskbar Mode, in which 
JADE Studio occupies only a small bar at the top of the 
screen leaving the main area for other applications. Important 
elements – like snapshots, user keys or even access to source 
faders – remain instantly accessible without leaving this mode.

Configuration
To prevent accidental setup changes, JADE Studio supports 
two different access levels. In User Mode, preconfigured 
functions can be operated freely, but no changes are possible. 
Changes require a switch to Admin Mode, which can be locked 
by password to prevent accidental operation.

The configuration of JADE Studio is simple and straightforward. 
All edits are made in the same screen area, where the function 
appears after finishing. Wizards guide the Admin through the 
necessary steps, whether setting up a source, storing a snapshot 
or designing a processing preset.

Wherever multiple instances of JADE Studio are used, they can 
be linked to a common configuration hosted on a network drive. 
Administrators can work on the configuration, and all instances 
automatically adopt the configuration changes on the next 
startup. The JADE Studio license management can similarly be 
centralized and handled through local license servers.
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Decentralized desktop production – for faster and better results

THE LAWO WAYTHE CLASSIC WAY
Centralized edit suites – with editors queueing up

NEWSROOM

EDIT SUITE

Newsroom
Modern newsrooms often house multiple PC workstations. 
With JADE, these PCs become full audio workstations to 
cover scenarios like soundbite editing, recording from live 
internet streams, TV or radio programs, and conducting phone 
interviews using VoIP. With JADE, all of this can be managed 
without moving to a dedicated studio or edit suite. Now it is 
possible to have parallel production on multiple workstations, 
cutting the time it takes to produce content. Overbooked edit 
suites become a thing of the past.

Edit Suite
There are certain situations in which a dedicated edit suite
is mandatory – voice recording, live interviews, events using 
external lines or codecs or multichannel editing may require 
more advanced technical setups. A touch PC running JADE in 
combination with a multichannel audio interface is perfectly 
suited to this task and other roles.

On Site
More and more production is being handled directly in the field. 
Laptops have become mobile audio workstations and, with JADE 
Studio, a full-featured audio production toolset is available in 
locations like press conferences or press centers, hotel rooms 
and even on location at sporting and special events.

JADE Studio — Applications.

Applications.



Signal Layout
 12 mono or stereo sources including processing
 Main bus
 Monitor bus with separate headphones and loudspeaker 

  outputs
 Four mix-minus busses
 Talkback

Control
 16 snapshots
   16 user keys
 Redlight muting logic
 Clock/timer
  8 GPIOs over Ember+
 RemoteMNOPL control interface

Audio
 Compatible to audio hardware supplying ASIO, 

  WASAPI,WDM or MME drivers
  ASIO direct monitoring support
 Connections to audio software over four virtual ASIO and 

  four WDM clients
    RAVENNA receiving 16 audio channels, sending 12 audio 
channels

System Requirements
   Intel Core-i Series Quad Core CPU or better
 4 GB RAM
 2 GB available hard disc space
 Gigabit LAN network interface
 Windows 7/8 (32 and 64 Bit)

JADE Studio — Specifications.

Specifications.
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JADE Engine

Overview.
JADE Engine, the Swiss Army knife of PC audio handling, 
works as a PC-based audio router with mixing functionality and 
integrated VST audio processing engine. Acting as middleware 
between audio hardware and software it allows unrestricted 
routing and mixing of audio signals from various sources – this 
is otherwise impossible to achieve with a standard PC system. 

All audio sources and destinations in JADE Engine, regardless 
of if they originate from hardware audio interfaces, Audio-over-
IP connections or software applications, are lined up in a clear 
matrix view. Interconnections between sources and destinations 
can be easily established with a mouse click. Its power doesn’t 
end with simple connections – adding multiple audio signals 
to a mix with variable volume levels is a core feature of JADE 
Engine. Whenever there is the need for enhancing audio 
signals, VST plugins can be added to the signal chain. JADE 
Engine includes Lawo‘s renowned processing suite – with the 
same algorithms used in Lawo’s mc² mixing desks.

Via its native RAVENNA Audio-over-IP integration, JADE Engine 
allows PC-based solutions like playout servers, softcodes 
servers or studio PCs to easily integrate with the facility‘s audio 
infrastructure. For seamless workflow integration, JADE Engine 
can be remotely controlled via the IP-based Ember+ protocol, 
e.g. by master control systems. 
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Environment view.
A complete audio configuration can be saved in an 
“environment”, to be recalled when needed. This includes 
all active audio components and their connections, as well as 
their levels and processing settings. In addition, batch files 
can be linked to an environment to trigger actions in third-
party applications. JADE Engine provides an intuitive button 
panel view that can be populated with different environments 
to be recalled with a single button press.

How it works.
JADE Engine is middleware, operating between audio 
applications and soundcards. For connecting software 
applications it provides multiple virtual audio drivers, while 
soundcards are connected to JADE Engine via their original 
drivers. In addition, the native RAVENNA integration turns 
off-the-shelf network cards into interfaces for Audio-over-IP 
networking. Once connected to JADE Engine, all signals can 
be routed, mixed and distributed regardless of their origin. 
These configurations are not static – multiple setups can be 
stored and switched dynamically whenever needed. 

JADE Engine — Functionality. JADE Engine — Interaction.

Functionality. Interaction.



Logic view.
In Logic View, signal layouts and connections can be set up
and saved independently of dedicated audio components. In 
this way, individual workflows can be created and displayed as 
a clear overview. Whenever new audio hardware is connected 
to the PC or different audio software is to be used, it can
be readily attached to the existing configuration – preset 
connections are automatically established.

Routing view.
Routing View is the operational heart of JADE. Here, attached 
audio devices – soundcards, audio software and RAVENNA 
streams – are displayed in matrix style. The level of each 
connection, as well that of input and output devices, can 
be separately controlled. To further modify audio signals, 
processing plugins can be inserted into the signal chain. 
To visualize audio, JADE Engine ships with a comprehensive 
metering suite, including multi peak and loudness bargraph 
meters, and a loudness metering plugin that displays measured 
values over time as a history.
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JADE Engine — Applications.

Applications.

Playout via RAVENNA.
Run JADE Engine on a playout server to 
connect the playout software audiowise 
via RAVENNA to the audio console or 
router through the off-the-shelf network 
card on your server. Running different 
applications for various tasks – cart 
player or extra recorder – is no problem. 
Just connect them all to JADE Engine 
and it will bundle the signals and route 
them to the RAVENNA world. For local 
monitoring or fallback purposes, a 
hardware soundcard can be included 
and run in parallel.

Stream encoding server.
Run JADE Engine on a server to connect 
multiple software stream encoder 
instances. Incoming audio signals can 
be processed by VST-plugins and then 
distributed to the various encoders. 
JADE Engine‘s extensive metering 
capabilities are able to visualize peak 
and loudness levels for all audio signals 
at the same time. To perform air checks 
with the encoded streams,a decoder can 
be connected to JADE Engine to monitor 
them on a local soundcard output.
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RAVENNA enabled studio PC.
Run JADE Engine on a studio PC 
to connect various application via 
RAVENNA to a console or router. 
Utilizing JADE Engines remote control 
possibilities, various applications can be 
dynamically connected to a RAVENNA 
stream. For local monitoring or fallback 
purposes, a hardware soundcard can be 
included and run in parallel.
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  JADE Engine can be connected to nearly all available audio 
hardware and software, regardless of whether it is a dedicated 
professional tool or a consumer solution.

  JADE Engine incorporates native RAVENNA Audio-over-
IP streaming, allowing the use of RAVENNA AoIP streams 
through off-the-shelf network interface cards.

  JADE Engine can process audio signals using integrated 
high-quality Lawo mc² series algorithms or third-party VST2 
plugins.

  Extensive metering suite integrated (peak, EBU R128 and 
ATSC A/85 loudness, correlation metering).

  Intuitive patchbay-style operation.

  Complete configurations – including all processing parameters – 
can be saved and recalled at the push of a button.

  JADE Engine can run scripts to control other software applications. 
With Lawo‘s editing software EDIT, this integration is especially 
powerful.

  JADE Engine can be remote-controlled via Ember+.

System Requirements

  Intel Core-i Series Quad Core CPU or better
  4 GB RAM
  2 GB available hard disc space
 Gigabit LAN network interface
 Windows 7/8 (32 and 64 Bit)

Features JADE Engine  
STANDARD

JADE Engine  
PRO

Routing View Yes Yes

Logic View Yes Yes

Environment View Yes Yes

Monitoring View Yes Yes

Complete integration of audio 
hardware with WDM, WASAPI 
and MME drivers

Yes Yes

JADE ASIO and WDM client 
usable for other software in 
parallel without restrictions

Yes Yes

Number of ASIO hardware 
devices usable at the same 
time

2 8

RAVENNA native 8 channels 64 channels

Extensive Lawo metering 
including loudness metering 
according to EBU R128 and 
ATSC A/85

Yes Yes

Lawo audio processing from 
the mc² series (parametric EQ, 
graphic EQ, compressor with 
and without sidechain filter, 
limiter, expander, image X, 
hyperpanning)

No Yes

Use of VST plugins Optional Optional

JADE Engine — Specifications.

At a glance

Specifications.



EDIT:
Audio Editing — ultra fast, easy and powerful.
 

EDIT — The audio editor for radio applications. 

Intuitive and efficient.
The editorial staff is always in a hurry with no time to focus 
on tools: Stories have to be developed and at the same time 
have to comply to highest quality standards. The EDIT software 
is optimized for such everyday situations. From sound editing  
to creating complex feature programs. EDIT provides just the 
right tools for all requirements. EDIT adapts perfectly to your 
workflow and integrates seamlessly into your broadcaster‘s 
database infrastructure.

EDIT is specially geared to the needs of radio broadcast production, 
and is characterized by its intuitive design. The interfaces are 
clearly laid out and divided into different work areas which are 
perfectly harmonized with the individual operation modes. This 
is the objective of EDIT: to provide ingenious solutions in order to 
guarantee clever, efficient working.

Well thought-out details. 
Color-coded clips, simple pre-listening of cuts, the use of 
automated functions and intelligent archiving functions — 
these are the small details which noticeably ease a journalist’s 
everyday work. As productions demand ever more flexibility 
and multi-tasking capabilities, the technology must be in a 
position to provide this: with carefully thought-out functions, 
enabling faster working and easy-to-understand workflows in 
hectic situations.

122 123

The audio editor is a vital tool in any radio broadcast facility. We are, 
therefore, proud to present a software solution which is tailor-made to 
radio production, and shines with outstanding features and innovative 
solutions. The name of the software? EDIT. And its major benefit? 
Optimized workflows, which deliver high quality results in no time.



Smart interfaces and powerful functions.

Recording.
Its recording mode makes the Lawo Editor 
the perfect recording tool, such as for 
spoken word applications. The text can be 
entered simultaneously in the recording 
box, with an additional option of the first 
and last words displayed in the reporter 
box — very handy for mixing and cutting 
later on. In addition, you can also decide 
how to save the clip - e.g. as a pure audio 
file or with embedded text, so that the 
text is stored with the audio track. For 
maximum operating comfort, EDIT also 
provides a clip list, in which the different 
takes can be identified by different color-
coding which makes distinguishing and 
retrieving easy. 

Reporter box. 
The reporter box is like a box set, as you 
can use this tool to construct a feature 
from already existing clips and takes 
which are yet to be recorded. In addition, 
you can also input your text directly into 
the project and drag existing clips from 
the righthand pane into the main window 
— it really is as simple as that.

Multi Track Editing.
Advanced editing: Enhance the audio 
recording with music, insert atmosphere 
in the background or intercut multiple 
audio tracks — you can do all of this with 
EDIT ET & MT which provides a sensible 
complement to EDIT ST, particularly for 
more complex challenges. And what if 
the feature is ready, but unfortunately still 
five seconds too short? This is where the 
integrated time-stretch function comes 
in, ensuring that you can save your 
feature to the right length without too 
much trouble.

Single Track Editing.
Easy editing: Completely professional 
technology running in the background, 
with comfort provided by a consumer-style 
user interface — that is the greatest 
plus provided by EDIT. Specifically, this 
means: drag & drop operation, the easy 
mark-up of selected takes, a useful pre-
listen function as well as clear timeline. 
From an interview in EDIT right through 
to transmission: EDIT provides exactly 
what is needed for fast-paced cutting of 
audio recordings. Simple and to-the-point.

Loudness metering.
A new standard for measuring audio signals is becoming increasingly popular: Loudness 
metering in accordance with ITU-R BS.1770. Using this standard eliminates loudness 
fluctuations, for example, between features and commercial breaks. And wouldn‘t it be 
good to work with the correct loudness during production? The Lawo Editor‘s loudness 
feature allows you to display loudness in real time and as well analyse archive material. 
Loudness metering not only complies with international standards, but also with the 
needs of your users — thanks to clear visualizations and intuitive operation.

EDIT — The audio editor for radio applications. 
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High-quality signal processing.
A further plus point: the DSP algorithms, already 
known from the Lawo mc² series, are included in 
the Lawo Editor — e.g. the equalizer, compressors,  
 

 
limiter and AGC (Automatic Gain Control) of the 
highest quality. This enables almost any kind of 
signal processing without complicated operation.

Software Version EDIT ST EDIT ET EDIT MT

Ideal for … Recording & editing in 
editorial environment

Simple multitrack  
productions 

Productions like feature 
programs and jingles

Recording function Yes Yes Yes

Single track editing Yes Yes Yes

Assembly & mixing of 
multiple tracks

No Yes (up to 3 tracks) Yes (unlimited tracks)

Reporter box No Yes Yes

Lawo processing  
algorithms

No Yes Yes

VST plug-ins No No Yes

Loudness metering  
and analysis

Analysis Analysis Metering & Analysis

EDIT highlights:

 Clever user guidance for rapid, efficient working

 Different modes for specific tasks guarantee easy-to-understand processes

 Many carefully thought-out details such as pre-listening to cuts,  
clip mark-ups, intelligent archiving functions, etc.

 Loudness function in accordance with ITU-R BS.1770, providing real-time 
metering and loudness analysis for archive material

 Integrated, high-quality processing algorithms from Lawo

Various program versions are available for different applications:

EDIT — The audio editor for radio applications. 



EDIT VO — Fast Audio Recording. 

Voice and sound-bite recording is a daily routine in radio and TV 
production, where time to air is frequently a critical factor. From 
writing the script to the delivery of the finished track,there is 
no time to lose through unnecessarily complicated or unreliable 
equipment.

While the task itself is rather simple, most of the available 
tools are not. Widely used software solutions confront users 
with vast arrays of functions – more than are needed for a 
simple recording. And while everything is being set up and 
made ready, the deadline is drawing closer and closer. 

Hardware recorders can provide the simplicity needed, but file 
delivery becomes quite a challenge. Manual audio file transfer 
from a memory card to a PC, re-auditioning and re-naming 
is error-prone and time-consuming. And too frequently, when 
needed urgently, other reporters have taken out all the available 
devices…

Meet EDIT VO, the simple software recorder tailored for 
broadcast needs. Running on a standard Windows PC, it 
combines the straightforward usability of dedicated hardware 
recorders with the advantages of instant file upload to an FTP 
server in a single application.

In fact, EDIT VO is so simple to use that your voice-talents and 
journalists gain the ability to produce independently, freeing up 
your audio staff for more challenging operations.

Audio recording for broadcast – fast and easy.



EDIT VO — Fast Audio Recording. 

Handling
Audio recording as easy as 1-2-3

Record1 Publish to FTP Server32 Listen Back

Features.

Produce
EDIT VO provides an intuitive user interface with big buttons 
for the main functions – record, stop, listen and publish are 
operated by mouse or touch. Recording mono or stereo wav 
files, every nuance of the signal is captured uncompressed. 
Color-coded input and output metering gives the confidence 
that audio signals are present and the leveling is suitable. 
Configurable metering color thresholds allow EDIT VO to be set 
to your personal target levels. And a timer lets you keep track 
of the current recording or playback time.

If the maximum runtime of the finished track is given, EDIT VO 
can be set to stop the recording automatically after reaching it. 

Deliver
While producing the track is an important part in the process, its 
fast and secure delivery is essential. In EDIT VO, finished tracks 
can be directly named and published with a single button press. 

Publishing works as simply as uploading a file to an ftp server or 
storing it in a specified hard drive folder. The progress of these 
operations is visually indicated to the user. Since uploading to 
ftp servers may not always be successful, EDIT VO keeps a local 
backup of the recording in case an upload fails.

Manage
Being software, EDIT VO offers very easy management for 
the technical service department. Included ftp connection 
check and logging provide a good starting point for a status 
monitoring, while standard diagnostic tools – or even remote 
operation – allow quick problem solving if needed.

EDIT VO licenses can be redeemed either directly on the host 
PC or on USB dongles. Wherever multiple instances are used, 
license servers can be introduced to manage your license pool 
centrally.
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Routing — Profit from reliability.

To diminish the role of the routing matrix, especially in a broadcast environment, is 
to deny oneself significant opportunities; the importance we place on innovation and 
quality means that we greatly value comprehensive matrix performance. The starting 
point is operational reliability but the solutions cover sophisticated operational inter-
faces and complex routing structures. Considerable effort has been put into getting 
the design of our routing matrices right, and the consequent benefits are definitely 
worth your consideration.



Routing — Profit from reliability.

One for all.
The Lawo interface system is used in almost every Lawo product. 
From digital patchbay or on-air matrix through to extended  
audio networks, our DALLIS I / O system handles it all. It allows 
a wide range of potential combinations and interconnectivity 
between products, and smaller installations can benefit from 
the high quality of top of the range systems.

State of the art.
Lawo products demonstrate the highest availability and flexi- 
bility. The STAR² architecture used in our router frames is  
becoming a de-facto audio industry standard, as it has been for 
some time in telecommunications.

Put your mind at rest.
Our products excel by virtue of their comprehensive redun-
dancy, which is an essential attribute of any component at 
the nerve center of your audio infrastructure. Our application 
of this philosophy extends from PSUs to the processor, and  
includes redundant failsafe structures such as double wiring, to 
eliminate single points-of-failure. Our strict attention to detail 
in this area ensures customer satisfaction and peace of mind.

Breaking new ground.
As one of the original manufacturers of digital audio technology,  
Lawo pioneered the use of ATM for audio transfers, and this has 
been an influential step in the field of audio networking. SDH/
STM-1 is available as a standard interface across our product 
range, and is in ever-increasing demand. More recently, Lawo is 
pioneering in the field of “Audio-over-IP” for audio signal transfer.

Keep in touch.
We use TCP / IP over Ethernet as our control interface, since 
this provides maximum reliability, flexibility and capacity.  
TCP / IP was chosen as the basis for our control protocols and 
service interfaces as it has the added benefits of easy setup and 
distribution, as well as allowing remote operation and service 
diagnostics, which have been built into our products for some 
time. For example, a service technician can retrieve information 
from the integral web-server of a remote system matrix, simply 
through the use of a standard web browser.

Routing:
Optimum control thanks to maximum flexibility.

Taking a back seat.
A primary characteristic of a reliable, high quality routing  
matrix is that it should sit seamlessly in the user’s workflow. 
Lawo has an extensive range of software and hardware options 
for matrix design, thus allowing the appropriate ergonomic  
system to be created. Workflows can be automated — using our 
software for time-based connection it’s possible to schedule 
lines, automate fades and manage scheduling conflicts. To 
achieve this, we use DSP resources integrated as standard into 
the routing matrices. Combined with our hardware, which  
allows the creation of control surfaces such as monitor selectors  
or audio sweetening devices, we can provide complete control 
of the broadcast environment.

Unlimited potential.
Our products incorporate general-purpose hardware and are 
distinguished by extreme flexibility. Based on an established 
technical and engineering knowledge, plus 40 years of experi-
ence, we can meet the specific requirements of almost every 
project. There is practically no limit to the solutions that can be 
implemented using our wide product range.
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If a house is only as strong as its foundation, a network is only as good as its infra-
structure — this is why with the Nova73 HD you won’t only benefit from ease of system  
management and reliable operation, but also from innovative state-of-the-art technology 
that is more than capable when facing up to any competition. With the Nova73 HD, all 
its features are consciously designed for highest availability and simple handling — a  
terrific benefit, not just in everyday operation, but also in installation and maintenance. 

Nova73 HD — Just what a router must be.



Reliability as a concept.
Conceived for transfer-critical applications, the expression 24 /7 is 
not just a vacuous tag in the case of this routing matrix, but rather 
a very firm reality. It’s not just a case of exemplary operational 
reliability around the clock, but also about seamlessly handling 
processes that are not necessarily the order of the day.

Usability at its best.
Complex and flexible systems require configuration — a fact 
that one has to accept, but which can be approached in differ-
ent ways. You can upgrade and re-configure the Nova73 HD 
while the system is running; hot plugging is no longer restricted 
to the replacement of similar components, but also allows sys-
tem extensions, even when you are on-air. This, along with a 
synchronized audio-matrix, offers far more benefits than just a 
trouble-free installation.

High-Tech for High-Performance.
Our HD technology offers everything you’d expect from a modern 
routing system, e. g. 96 kHz operation, Dolby® E compatibility, 
signal switching clock-synchronized to video frames, integral 
signal processing, and direct connection of SDI signals for audio  
embedding and de-embedding, ect. With its modular structure 
and high-performance architecture, you are more than prepared 
for tomorrow’s needs. In addition, the Lawo STAR² technology 
guarantees reliability at its best.

Open architecture — for maximum flexibility.
Nova73 HD is designed as a central router for audio and ad- 
ditional data. Its modular construction allows for flexible adapt- 
ation to real requirements and, in a single frame, a scalable  
routing capacity of up to 8192 mono channels. RAVENNA, MADI, 
SDH / STM-1 and AES 3 ports are available directly on the sys-
tem core. Further interfacing possibilities may be supplied by 
Lawo’s proven DALLIS interface. Homogeneously integrated into 
the system, a DALLIS enables the integration of further formats 
as well as the creation of a decentralized structure. Individual 
connections, as well as the complete system, can be designed 
with inbuilt redundancy — right up to our unique Dual Star  
architecture with self-healing topology. Future modules with 
new formats and functions can be integrated without any prob-
lems. The open architecture makes the system an extremely 
flexible platform — and therefore a future-proof investment.

Guaranteed versatility.
Nova73 HD taps into the full potential of a digital and synchro-
nous matrix system. For example, Nova73 HD carries out signal 
distribution accurately and to the point — clock-synchronized 
switching means the crosspoints are referenced to video frames 
and, if required, this can be applied to all destinations simulta-
neously. The transparent transfer of audio data allows the distribu-
tion of additional information, and even compressed audio streams  
(eg. Dolby® E). As crosspoints are, as standard, mono, signals can 
use any number of channels and be summed where, for example,  
stereo signals are routed to an individual mono destination.

Nova73 HD:
Highest availability and simple handling.

Nova73 HD — Just what a router must be.
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Nova73 HD — Just what a router must be.

Comprehensive features.
Furthermore, the integral processing ranges from modulation 
control to gain setting — standard on every single input and out-
put. Enhanced DSP features such as Automatic Gain Control, 
Equalizer, Dynamics and Delay are available — optionally pro-
vided on a dedicated DSP card with floating point processing 
and the very high quality of our mixing console algorithms. The 
synchronous crosspoint structure results in a defined latency  
of just a few samples; with a 96 kHz sampling rate, production 
and post-production requirements are easily met.

Ready to go.
Configuring the Nova73 HD matrix is child’s play. All settings 
are easily implemented with the help of the software provided. 
This can either be done online or prepared unhurriedly off-line. 
With transfer to the system via Ethernet, the settings will in-
stantly take effect without the necessity of a restart.
The Nova73 HD can be similarly upgraded during operation; 
additional components may be plugged in and configured with-
out the worry of audio dropouts.

Easy to maintain.
Be it installation, system expansion or maintenance: the sim-
plicity of the system will amaze you. The replacement of active 
modules can be carried out during operation without affecting 
any other components. When replacing I / O modules, the new 
modules automatically adopt the configuration of the old ones. 
In case of a fault, redundant components are activated auto-
matically.
In addition, both an integral web server, requiring only a con-
ventional browser, and a SNMP, enable convenient platform-
independent monitoring of the system’s technology via the 
network; and an alarm contact in the system rack provides an 
additional safeguard. Coupled with the maintenance software 
provided, you can keep a clear overall view of the system in any 
operational situation.

Nova73 HD System Core
hosts up to 8192 I / Os in compact 10 U

DALLIS I / O System
with various plug-in cards

Nova73 HD
high performance router module 980 / 33



132 133

Technical Details

 19” 10RU frame 
 16 slots for I /O modules 

 (RAVENNA, MADI, SDH/STM-1, AES3)
 DALLIS breakout boxes for decentralized structures and 

  further interfaces
 Available interfaces:

 – Analog Mic/Line (transformer or electronically balanced)
 – Headphones (incl. VCA interface)
 – AES/EBU (AES3), optional sample rate converter (SRC)
 – MADI (AES10)
 – SDH/STM-1
 – 3G / HD/SD SDI (embedded audio) with SRC
 – ADAT® * with SRC 
 – Serial data transfer (RS422, RS232, MIDI)
 – GPIO (opto-couplers, relays, VCA)
 – IP codec
 – RAVENNA Audio-over-IP option
 Transparent transfer (Dolby® E compatible)
 Integral signal processing (DSP) with gain/phase, balance, 

  mono mixing and silence detect. Optionally also with: 
 – EQ (parametric or graphic)
 – Dynamics (Gate, AGC, Compressor, Limiter)
 – Delays (up to 10s) 
 – Mixing matrix (64 x 64 channels)
 – Timed fader
 – Signal condition monitoring

 Sampling rates: 48 / 44.1 kHz and 96 / 88.2 kHz
 Synchronisation via Wordclock, AES3, Video, MADI, 

  SDH/STM-1, RAVENNA or internal generator
 Control via Ethernet TCP / IP
 Operation and configuration software included 
 Integral web server and SNMP for system diagnosis
 Remote maintenance via VPN (ISDN as an option)
 Optional redundant master module
 Optional redundant power supply
 Operating voltage 85 V to 265 V AC, 47 Hz to 63 Hz

The Nova73 HD key benefits at a glance:

 8192 x 8192 I / O high performance core with 
  STAR² technology (fully redundant design)
 Optical fiber network for decentralized structures 

  supporting SDH/STM-1 for wide area applications
 Flexibility during operation — online configuration 

  without service interruption
 Unique Dual Self-Healing Star topology for greatest 

  availability

* ADAT® is a registered trademark of Alesis, LLC and is used here under license.



Whether it is Sochi 2014 or a football 
highlight in Brazil — our cross-location 
networks can be used for many projects. 
The benefit is that routing matrix sys-
tems of various broadcasters can be con-
nected with each other on a network that 
uses telecommunication circuits. This 
is where the Nova73 HD shines — as a 
high-performance and scalable routing 
system for real time audio that can be  
operated on an application-specific basis.

Application example: 
Direct networking via telecommunication circuits.

Nova73 HD — Just what a router must be.

TelCo Network

DALLIS DALLIS

Nova73 HD

DALLIS

Nova73 HD



STAR2
technology

I / O System.
All modules in the I / O frame are linked to the mastercard 
by point-to-point connections. With an additional second 
mastercard, your system has a second, parallel, point-to-
point connection, thus offering perfect security. Further-
more, point-to-point connections are inherently friendly 
to hot swapping (card insertion and / or removal on an 
active system).

Routing systems.
For complete redundancy, a dual-core system can be 
deployed, whereby the second core can be set-up at a 
different location. A particular highlight of Lawo rout-
ing systems is the Dual Self-Healing Star architecture of 
the Nova73 DSHS. This architecture permits faults to be 
remedied independently by the system, without user in-
tervention; a benefit that above all guarantees the highest 
efficiency in day-to-day operation.

Perfect Redundancy:
For highest system availability.

Cabling.
A further level of redundancy is provided by doubling-
up the fiber links. In this configuration, the fibers are 
connected to double ports at both ends of the link so 
that, should a connection fail, there is always a backup 
connection. 

System core.
The Nova73 core also uses point-to-point connections; 
unlike bus-based systems, faults can be reliably pinned 
down to their respective end points. The advantage of 
this is that, in the case of a fault, the entire system does 
not hang up, and components can even be changed dur-
ing runtime.

Nova73 HD — Just what a router must be.
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Nova73 compact — The little big router.

The Nova73 compact squeezes a large capacity for major tasks into 7RU. A smaller 
version of the Nova73 HD, it convinces with its versatile performance spectrum, absolute 
service-friendliness and uncomplicated operation. All this despite its modest space 
requirements and attractive price. Compact in every respect.



The Nova73 compact key benefits at a glance:

Less space, lower costs, but a broad performance spectrum 
nonetheless. The newly developed Nova73 compact uses the 
same interface cards and offers the same redundancy as the 
Nova73 HD and the mc² series, but takes up only 7 RU in the rack. 
No less convincing than its performance is its handling simplicity 
 — especially in day-to-day operation. As the youngest member of 
the Lawo family, the Nova73 compact features cutting-edge tech-
nology and can be used either as a stand-alone router or in com-
bination with mixing consoles from the mc² series. 

Simple yet versatile.
Up to ten I/O slots can be armed with MADI, ATM or RAVENNA  
interface cards. Alternatively, the same slots can be assigned to  
two AES 3 cards. These in turn can make up to 64 AES channels 
directly available to the Nova73 compact. Better still, in combination 
with an mc² series mixing console, a Nova73 compact fully equipped 
with  five DSP cards puts over 600 DSP channels at your disposal.

Small but Lawo.
A high degree of redundancy is a feature of all Lawo systems 
and one of their great advantages. The Nova73 compact is no 
exception, with a redundant power supply fitted as standard and 
the option of adding a further redundant router module. 

Flexible and secure.
For its interface technology, the Nova73 compact relies on the 
tried-and-tested DALLIS I /O system with its wide variety of 
interfaces. DALLIS offers you an extensive choice of interface 
cards for your breakout boxes. The sheer diversity of these 
interface cards guarantees flexibility, allowing the modular sys-
tem to integrate not only every conceivable type of audio signal 
but also everything from GPIO to control data (RS-422) as well 
as special SDI and intercom cards.

Technical Details

 5120 x 5120 routing capacity (mono channels)
 Up to 600 fully equipped DSP channels  

 in Broadcast Mode
 10 slots for I/O and DSP modules  

 (RAVENNA, MADI, ATM, AES, DSP)
 Integrated AES3 connections via D-Sub (DB-25)
 19” / 7RU installation frame
 Redundant implementation of router and power supply
 Full card and port redundancy
 Operates as a stand-alone router or a core  

 for mixing consoles of the mc² series

 19” / 7 RU frame 
 10 slots for I/O modules (RAVENNA, MADI, ATM, AES, DSP) 
 DALLIS breakout boxes for decentralized structures 

 and additional interfaces
 Available interfaces:

 – Analog mic/line  
    (transformer or electronically balanced)
 – Headphones (incl. VCA interface)
 – AES/EBU (AES3), optional sample rate converter (SRC)
 – MADI (AES10)
 – RAVENNA
 – SDH/STM-1
 – 3G/HD/SD SDI (embedded audio) with SRC
 – ADAT® with SRC
 – Serial interfaces (RS422, RS232, MIDI)
 – GPIO (optocouplers, relays, VCA) 
 Transparent transmission (Dolby ® E compatible)
 Integrated signal processing (DSP) with Gain/Phase, Balance,

 Mono Mixing and Silence Detect. Optionally also with:
 – EQ (parametric or graphic)
 – Dynamic units (Gate, AGC, Compressor, Limiter)
 – Delay (up to 10s)
 – Summing matrix (64 x 64 channels)
 – Timed faders
 – Signal monitoring

 Synchronisation via Word Clock, AES3, video, MADI, 
 SDH/STM-1 or internal generator 
 Control via Ethernet TCP/IP 
 Control and configuration software included
 Integrated web server and SNMP for system diagnosis
 Remote maintenance via VPN (ISDN available as option)
 Optional redundant router card
 Optional redundant power supply
 Operating voltage 85 V to 265 V AC, 47 Hz to 63 Hz

Push-button performance.
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The 1RU MADI router for mid-sized networks — There are some tasks that require the 
complete works, a comprehensive solution, the full program. Yet there are other challenges 
where complete modularity or hardware variants are not necessary — challenges centered 
around one specific task. That’s the principle behind the Nova29 — the Lawo router that 
gets straight to the point with MADI networking. Specifically, this means that the Nova29 
is the perfect router for up to a maximum of 16 clients. A routing center, based on MADI 
technology, universally applicable, and at a very attractive price. 

Nova29 — Just what a router must be.



Stand-alone or networked — up to 16 consoles on one router.
Do you have multiple broadcast studios and want to be able to react flexibly to future 
challenges? In that case the Nova29 is the perfect solution for you. It enables the 
connection of up to 16 MADI clients within a broadcast center, be it mixing consoles 
or external equipment. The Nova29 is the ideal standalone solution, whose 
1024 x 1024 I / Os can be switched individually as well as transparently, making the 
router perfect for the transfer of non-audio formats, such as Dolby E. Thus, the 
Nova29 is a universal router, adapting perfectly to the requirements of modern, mid-
sized broadcast facilities.

Homogenous broadcasting facilities — with the seamless 
interconnection of all elements.
Today, the focus lies not only on individual products, but also on comprehensive, 
networkable solutions that create perfectly integrated systems. The Nova29 makes 
this requirement a reality. Used together with Lawo’s broadcast consoles, you can 
create an exemplary networking homogeneity for up to 16 participants. The result is a 
broadcast facility in which every component relies on the same logical elements, 
thereby guaranteeing the best possible integration. The advantage: many highlights of 
Lawo’s mixing consoles can now be used across all products. You are no longer working 
with single components but on a comprehensive, fully compatible platform. 

MADI Ethernet CAN Bus

Nova29 Nova73HD
Sports arena

DALLIS Breakout-Box

KSC-LCD 15 / Editorial area

KSC-LCD 15 / Editorial area

zirkon / Studio 3

zirkon / Remote facilitysapphire / Studio 4 VisTool / System engineer

crystal 1 / Studio 1crystal 2 / Studio 2

Nova29 — Just what a router must be.
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InterCom.
Broadcast studio facilities often require the purchase of an 
extra talkback system. This is not the case with the Nova29. 
It features an integrated talkback matrix that enables you to 
communicate between various studios at any time, without 
having to rely on traditional talkback systems. 

It is configured using dedicated software called “InterCom”, which 
allows control of up to 64 talkback stations, each of which can 
be equipped with up to 32 buttons. 

Push-button panels.
The Nova29 can be conveniently upgraded with up to 30 KS and KS-ETH series panels. This allows different 
workstations to be flexibly equipped, to accommodate announcers, producers, guests, or even additional editing 
stations.

The compact push-button panels can be seamlessly integrated into a system, and are connected to each other 
either via CAN bus (KS series) or Ethernet (KS-ETH series).

Further highlights of the Nova 29:

TB-12
19” / 1 RU panel with 12 backlit buttons,
talkback microphone and loudspeaker

KSC.T20
19” / 1 RU panel 
with 20 backlit buttons

KSC.LCD16
19” / 1 RU panel 
with 16 LCD buttons

KSC.LCD15P1
19” / 1 RU panel with 15 LCD buttons,
and one rotary control (eg. for level control)

KSC.LCD14P2
19” / 1 RU panel with 14 LCD buttons,
and two rotary controls (eg. for level control)

KSC.GPIO32
19” / 1 RU panel with 32 GPIO contacts 
and 8 VCA inputs

Nova29 — Just what a router must be.



Nova29 — Just what a router must be.

Technical Details

 16 MADI ports
 1024 x 1024 I / O (in addition to internal signals)
 Compact 1 RU design
 Simple port redundancy, configurable with other Lawo 

 products (sapphire, zirkon, crystal, Nova17)
 Fast visual feedback with colored LED indicators 

 above each MADI port: “Redundancy”, “MADI present”, 
 “Port configured”, “Port not configured”
 Powered AC adaptor (included) or optional redundant 

 power supply (951 / 25)
 Configuration / maintenance via zirkon.exe software 

 and SOP Explorer with graphical user interfaces
 Currently set crosspoints are retained if a new 

 configuration is loaded
 Sample rate switchable between 44.1 and 48 kHz
 Up to 30 panels (switch panels or GPIO) can be connected
 MADI ports in 56 or 64 channel mode
 256 loopbacks

 128 x 8 GPIO via MADI (GPIO tunnel), 
 GPIO network 10 x 32  + 10 x 10 VCAs
 64 x 64 talkback matrix
 64 mini mixers (stereo), each with one individual 

 talkback input
 128 PPMs (mono), each including Silence Detect, 

 loopback available
 Integration of different protocols (DMS, KPF, NTP)
 NovaConnect included

The Nova 29 key benefits at a glance:

 MADI router for up to 16 clients
 Compact and cost efficient
 1024 x 1024 signals, switchable on mono-level, 

 transparent and non-blocking
 Various DSP and logic functions like gain, 

 silence detects and InterCom functionality
 Homogeneous integration with other Lawo products
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Small in size but strong in performance — with the Nova17 you benefit from the highest 
quality that you expect from Lawo routing matrices. This audio router shines with many 
features that guarantee absolutely professional work even with the smallest of systems. 
Whether in broadcasting, production or theater sound, the flexible technology of the  
Nova17 can be used for signal distribution, as well as a format converter or MADI breakout.

Nova17 — The highest quality can now be compact.



Nova17:
Small in size — high in performance.

Nova17 — The highest quality can now be compact.

As diverse as your requirements.
Nova17 is designed as a universal audio router that can be em-
ployed in a very flexible way, whatever your requirements. As 
many as 512 inputs and 512 outputs (mono) are possible with 
this modular and extremely compact router.
The external interfaces are designed as plug-in cards that can 
be inserted directly into the system rack, providing up to 128 I/Os, 
according to your needs. Optionally, MADI interfaces provide up 
to 384 additional channels for use, for example, in connections 
to mixing consoles, other matrices or breakout boxes, etc.
One central mastercard performs the routing and the signal 
processing, and includes interfaces for control and servicing. 
Software for basic control of the matrix, as well as the creation 
and management of configuration data, is included.

Proven system core and interfaces. 
Nova17 is based on the proven DALLIS interface system, and 
utilizes its constantly growing range of interface cards:
 Analog Mic /Line (transformer or electronically balanced)
 Headphones (incl. VCA interface)
 AES/EBU (AES3); optional sample rate converter (SRC)
 3G/HD/SD SDI (embedded audio) with SRC
 ADAT® * with SRC 
 Serial data transfer (RS232, RS422, MIDI)
 GPIO (opto-couplers, relays, VCA)
 RAVENNA Audio-over-IP option

All interfaces are available in different variants. The central master-
card can be equipped with 2 or 6 MADI ports. All components are 
compatible with Lawo’s range of professional mixing consoles and 
matrices for broadcast and production.

Power for performance.
The powerful routing matrix on the mastercard allows the  
control of all channels individually and severally. This also  
allows mono routing for AES /  EBU interfaces. In addition, 
gain setting and time-related switching are only some of the  
features that distinguish the Nova17’s performance from an 
ordinary routing matrix.
The router can be controlled via Ethernet, serial interface, or 
CAN bus. External devices such as keyboards or rotary controls 
can be connected directly to the central unit. Furthermore,  
VisTool software can be provided, for use as a touch screen 
operating surface; a remote protocol is provided for the integra-
tion of third-party controllers. Nova17 can also be integrated 
with a radio automation system. The central unit can be de-
signed with full redundancy.

Perfect Synchronisation. 
Nova17 works with sampling rates of 48 kHz or 44.1 kHz. The 
system can be synchronized either by using the word clock input 
or via MADI; if no external synchronisation is supplied, the 
internal generator takes over. In addition, the clock output allows 
connected devices to be synchronized via word clock.

Simple servicing for efficient operation.
A software configuration system allows the unit to adapt and 
be extremely flexible in its environment; the general logic 
functions, opto-couplers, relays and VCAs are all defined and  
managed here. The networking ability of the software allows the 
central administration of several systems.
An integral web server, requiring only a conventional browser, 
enables convenient platform-independent monitoring of the 
system’s technology via the network; an alarm contact in the 
system rack provides an additional safeguard.

Grab your stake in the future.
Nova17 is adaptable. Interface upgrades, talkback integration, 
the use of the system as a MADI breakout or the incorporation 
of the system into a larger structure are just a few examples of 
how users may easily expand or adapt a Nova17 in the future.

* ADAT® is a registered trademark of Alesis, LLC and is used here under license.
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KSC.LCD16
19”/1U panel 
with 16 LCD buttons

KSC.LCD15P1
19”/1U panel with 15 LCD buttons and 
one rotary control for use as level control

KSC.LCD14P2
19”/1U panel with 14 LCD buttons and 
two rotary controls for use as level controls

KSC.GPIO32
19”/1U panel with 32 GPIO contacts and 
eight VCA inputs

Modular extension with custom panels.
With the remote control panels of the series TB and KSC you 
can easily extend the sapphire and the Nova17 systems. At a low 
cost it facilitates the equipping of workplaces like announcer, 
producer, guest and editor’s stations. Common to all of these 
separate 19”/1RU devices is that they are fully integrated into 
the system configuration and that they can be conveniently 
connected via the system-CAN bus. Up to 30 of such control 
panels can be operated simultaneously by one system. As an 
option, the KS series with Ethernet connection is available.

TB-12
19”/1U panel with 12 illuminated buttons,
talkback microphone and loudspeaker

KSC.T20
1”/1U panel 
with 20 illuminated buttons

Nova17 — The highest quality can now be compact.
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More operating satisfaction with VisTool.
An improved overview and extended 
functionality — the VisTool touch screen 
software makes it all possible. On a gra-
phically attractive screen layout you can 
keep an eye on signal level and DSP par- 
ameters at all times. You will profit from 
additional tools such as trigger circuits 
or central snapshot databases, and can 
freely arrange the console’s control pa-
nels to meet your own needs.

Technical Details

 19” 3U or 6U frame
 Central masterboard with integral control system and signal  

 processing, optionally providing:
 – 2 MADI ports (optical MMF 62,5 /125 μm)
 – 6 MADI ports (optical MMF 62,5 /125 μm)
 18 slots for I / O cards (16 for use as audio I / Os)
 Wide range of plug-in cards: 

 – Analog Mic / Line 
  – Headphones 
  – AESBU (AES3), optionally with sampling rate converter (SRC)
 – 3G / HD/SD SDI (embedded audio) with SRC
 – ADAT® * with SRC
 – Serial data transfer (RS232, RS422, MIDI)
  – GPIO (opto-couplers, relays, VCA)
 – IP codec
 – RAVENNA Audio-over-IP option
 Internal matrix with up to 512 inputs and outputs  

 (non-blocking)
 Transparent transfer (Dolby® E compatible)
 Integral signal processing (e. g. Gain, EQ, Dynamics, Delay)
 Sampling rate of 48 kHz or 44.1 kHz
 Synchronisation via Wordclock, MADI or internal generator

 Control via Ethernet TCP / IP, RS422 and CAN bus
 Software for operation and configuration included 

  (system requirements: IBM compatible PC with 
  Windows 2000 / XP ®/ 7, Ethernet connection)
 Integral web server for system diagnosis
 Optional redundant masterboard
 Optional redundant power supply
 Operating voltage 100 V to 240 V AC, 48 Hz to 62 Hz
 PC-independent and fan-free operation

The Nova17 key benefits at a glance:

 STAR² technology provides fully redundant controller 
  and routing matrix
 Easy integration with optical MADI interfaces
 512 x 512 I / O, integral DSP and programmable logic 
 Adaptable and cost-efficient by modular design

* ADAT® is a registered trademark of Alesis, LLC and is used here under license.

Nova17 — The highest quality can now be compact.



Saves time, saves money, saves nerves.
The mxGUI makes this possible.

mxGUI — The intelligent control software.

Saves time, saves money, saves nerves: the intelligent mxGUI control software — The 
controls for complex systems need to be transparent; mxGUI, Nova73’s user interface, 
guarantees just that. Having proved itself in use with mc² series consoles, this trusted 
application offers simple and intuitive user guidance. The control software will win you 
over with one key benefit, which is crucial for users as well as purchasing managers: 
it helps to save costs — in time, money and nerves.



The perfect online and offline tool.
Feedback from customers confirms it again and again: the 
mxGUI has established itself as a standard tool, and scarcely 
any sound engineer would want to do without the benefits of 
this software. No wonder, as thanks to smoother workflows and 
the best possible pre-preparation, the mxGUI guarantees less 
stress in those high-pressure moments. The software plays its 
trump cards in two different applications: Online for the par-
allel operation of systems, and offline for the preparation of 
productions, snapshots and much more.

“Mise en place” for sound engineers — the offline application.
Especially in production preparation, the mxGUI will impress 
you with its ease of use. It allows crosspoints and dynamic 
settings to be selected offline and incorporated later, and snap-
shots and snapshot sequences can be easily set up before the 
actual event.
Since the software also runs on laptops, you can prepare for 
tomorrow’s live show today, even from your hotel room (or the 
bar) and all without having to use an expensive studio. A further 
advantage: because the GUI’s “control surface” is identical to 
that on the console, staff can be easily trained, without the 
need for “real” hardware.

Access to nearly all features — the online application.
More security during an ongoing production, and a perfect 
overview every time — these are also ensured by the mxGUI. 
A number of different users can, at any time, monitor every 
switch and parameter alteration, and can intervene via a remote 
control, even during an active production; on-site operators can 
thus be perfectly supported.

mxGUI — The intelligent control software. 

Key features at a glance: 

 Intelligent and comprehensive control software

 Allows the mixing console and the Nova73 HD / compact to 
be set up via computer (pre-production)

 Remote access to the control surface — independent 
of location

Perfect operator support via remote control

The mxGUI is compatible with Windows and Mac
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Lawo Commentary System — The solution for world-class events.



“And he gets the ball, starts to run, the back tries to tackle him, he falls, 
no, no he still got the ball, he’s got it, and — goal, goal, goaaaal!” — 
Commentators give heart and soul to live sports broadcasts. The success of 
a production stands or falls on the quality of their work. This is true not only 
of TV, but also in radio production, where the commentator becomes the 
audience’s eye.
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Lawo Commentary System — The solution for world-class events.

Lawo’s new host commentary product line is tailored to the 
needs of today’s live broadcast productions for mid- to large-
scale sports and cultural events. The fully digital system is 
based on RAVENNA, a real-time Audio-over-IP networking 
technology that enables the use of standard IP networks for 
interconnecting venues and devices. The Lawo solution spans 
the actual commentary unit, the IP-based link infrastructure 
and the software-based Commentary Control Room 
Management tools, to the convenient hand-over of the signals 
to all National Broadcast Partners — a complete solution from 
a single source. 

The Lawo Commentary System comprises:
– LCU Lawo Commentary Unit
– LCC Lawo Commentary Control Software
– DALLIS Centralized I/O System

LCU — Lawo Commentary Unit
The Lawo commentary unit is designed to be easy-to-use for 
commentators, letting them focus on their task and not on the 
technology. It provides an intuitive user interface for up to three 
commentators, allowing them to set up individual headset mixes. 
Turning the source’s rotary controls changes the volume, while 
push-and-turning changes the pan setting. Any activity is 
indicated in the backlit LCD, showing the control’s label and its 
current setting. The unit also features three coordination lines, 
again with individual volume and pan settings. A “Help” key 
completes the user interface, giving commentators easy access 
to a support engineer. All settings including gain can be configured 
remotely from the LCC software. For emergency operation the 
device provides an analog Mix Out and an analog input to feed 
the phones’ monitor mix. The Aux In can also be used to feed 
external sources like audio recorders locally into the LCU.

Lawo Commentary System:
The Solution for World Class Events.

LCU — Key Features 

 Intuitive user interface for up to three commentators per 
LCU

 Lawo-quality mic pre-amps

 Uncompressed real-time Audio-over-IP with broadcast-
quality (24 bit/48 kHz)

 Up to three coordination lines / intercom keys (compatible 
with any intercom manufacturer)

 Individual Level and Pan controls for each source

 High-level headphone outputs

 “Help” key for talking to support engineer

 Analog input/output for stand-alone/emergency mode 
operation

 Powered-over-Ethernet (PoE) /additional DC input for PSU 
redundancy



Lawo Commentary System — The solution for world-class events.

Lawo Commentary System — Highlights 

 RAVENNA Audio-over-IP infrastructure saves  
installation costs and increases flexibility

 Fully digital signal flow from commentary unit to broadcaster

 Real-time monitoring and remote control  
for effective user support

 Intuitive Windows 8 Touch Screen GUI  
for technical remote operation

 Flexible use of commentary positions,  
change of commentator location via software

 Quick and easy set-up

 Prepared for WAN-based remote production

DALLIS — Centralized I/O for connecting the outside world
The DALLIS frame serves as the heart of the Lawo commentary system, providing 
complete connectivity for up to 20 commentary units in a 3RU package. The 
modular I/O system can be equipped with a broad range of analog and AES3 I/O 
cards for convenient interfacing of the commentary system to the outside world, i.e. 
program sound, international sound and 4-wire connections to intercom systems and 
external line devices (VoIP, ISDN or telephone). The mounting frame is connected to 
the LAN/WAN* network and therefore to all commentary units within the network via 
a RAVENNA master card. The hardware is designed for maximum reliability allowing 
the operation of redundant RAVENNA master cards and redundant power supplies.

LCC — Lawo Commentary Control Software
The Lawo Commentary Control Software replaces the Commentary Control Units (CCU) 
usually associated with two-part commentary systems, providing an integrated user 
interface to manage the complete commentary installation. The Windows 8 software 
is optimized for touch-screen operation, providing easy and efficient support for  
up to 20 commentators per screen. It shows the real-time status of all connected 
devices and manages all DALLIS I/Os and LCUs within the network. The LCC allows 
the support engineer to listen to any signal of any LCU while its remote control 
functionality allows to resolve most help requests with the ease of a mouse-click. The 
LCC is completed by an integrated Ident Player with Text-to-Speech functionality and 
a sophisticated offline mode allowing the preparation of large commentary set-ups.

* prepared for WAN-based remote production
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Events with 20, 40 or even more commentary positions have 
special demands in the infrastructure of the commentary 
installation. The choice of the appropriate link infrastructure 
for the commentary solutions has a significant impact on the 
installation costs. Lawo has taken a radical new approach to 
connecting the commentary units, which significantly reduces 
cabling and installation while increasing the system’s flexibility. 
The Lawo solution is based on RAVENNA, a technology for 
real-time distribution of audio and other media content in IP-
based network environments. The Power-over-Ethernet capability 
makes local power-supplies obsolete. This reduces the overall 
cabling effort and allows cost-effective venue cabling with 
generic BNC/Coax cables at a very early stage. At the same 
time, the IP network-based approach keeps full flexibility for 
future applications and last-minute expansions. The Lawo 
commentary solution allows easy changes at any time: a 
commentator changing his position results with just an ID 
change of the unit — no physical patching is needed.

Link infrastructure.
The basis for flexibility and cost-effectiveness.

About RAVENNA. The open standard  
for real-time IP media networking.

RAVENNA is a technology for real-time distribution of audio 
and other media content in IP-based network environments. 
Utilizing standardized network protocols and technologies, 
RAVENNA can operate on existing network infrastructures. 
RAVENNA is designed to meet the strict requirements of 
the pro audio and broadcast markets, and features low 
latency, full signal transparency and high reliability. While 
primarily targeting the professional broadcast market, 
RAVENNA is also suitable for deployment in other pro audio 
market segments like live sound, install and recording. 
Possible fields of application include (but are not limited to) 
in-house signal distribution in broadcasting houses, 
theaters, concert halls and other fixed installations, flexible 
set-ups at venues and live events, OB van support, inter-
facility links across WAN connections, and in production 
and recording applications. Unlike most other existing 
networking solutions, RAVENNA is an open technology 
standard without a proprietary licensing policy. RAVENNA  
is fully compatible with the emerging AES67 standard.

  

Venue

IBC/CCR

LAN/WAN
(RAVENNA)

Ethernet Switch

Ethernet Switch

Audio Console

DALLIS I/O

Intercom 
Matrix ISDN Codecs

 Commentary Booth …  Commentary Booth 20  Commentary Support Commentary Booth 1  Commentary Booth 2

 LCU  LCU LCU  LCU

Commentary System Overview:
One infrastructure for all LAN and WAN applications.
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PC



Technical Details

Overall
 Operating Temperature: 0°C to +40°C (32°F to +104°F)
 Power Requirements: 12 V DC / 1.3 A  

 (PoE, Power-supply redundancy via external PSU)
  Dimensions (H x W x D): 110 mm x 313 mm x 266 mm  
(4.3” x 12.3” x 10.5”)

  Weight: 2.6 kg (5.7 lbs.)

Mic In (A, B, Guest)
  Coupling: Electronically balanced 
  Phantom Power: 12 V*

  Impedance: 2.7 kohm
  Gain Range: +4 .. +75 dB
  Maximum Input Level: +10 dBu
  High-Pass Filter: 80 Hz
  Input Noise Voltage: -128 dBu @ 150 ohm source
  CMRR: typ. 60 dB (20 Hz .. 20kHz)
  THD&N: 0.0006% (+8dBu, 1kHz)
  Frequency Range: 80 Hz .. 23.8 kHz (- 3dB)
  Dynamic Range: 119 dB(A)

Headphones (A, B, Guest)
  Load: >8 ohm
  Maximum Output Level: +14 dBu
  Output Noise Voltage: -100 dBu(A)

 THD+N: 0.001% (+7dBu, 200 ohm, 1kHz)
 Frequency Response: 20 Hz..20kHz (-0.3 dB, 200 ohm) 
  Dynamic Range: 116 dB(A)

Aux In
  Coupling: Electrically balanced
  Impedance: 10 kohm
  Maximum Input Level: +14 dBu 
  Input Noise Voltage: -118 dBFS(A) (20Hz .. 20kHz)
  CMRR: typ. 60dB (20Hz .. 20 kHz)
  THD+N: 0.0004% (+8 dBu, 1 kHz)
  Dynamic Range: 119 dB(A)

Aux Out
  Coupling: Servo-electronically balanced
  Impedance: 53 ohm
  Maximum Output Level: +14 dBu 
  Output Noise Voltage: -101dBu(A) (20 Hz .. 22 kHz) 
  THD+N: 0.0007% (+8 dBu, 1kHz)
  Dynamic Range: 116 dB(A)

Network Connection
  Max. Distance via CAT5: 100 m (330 ft)
  Max. Distance via BNC** (optional): 500 m (0.3 mi)

1 Power Power LED

2 Locked Connected to RAVENNA network

3 On Air On-air key (latching) with control LED

4 MIC Mix Adjust side-tone

5 PGM FB Adjust volume for feedback from 4-wire

6 FN Shift function for IS / PA encoder

7 IS/Guide Adjust volume for International Sound or Guide (FN)

8 PA/Aux Adjust volume for PA or Aux (FN)

9 Level 1, 2, 3 Adjust volume for Coordination Lines / Intercom

10 Coord 1, 2, 3 Talk keys for Coordination Lines / Intercom

11 Talk A / B / Guest Internal talk key for talking to other commentators

12 Help Help key for talk-back to commentary support engineer

13 Display LCD showing label and setting of selected  
volume controller or device setup menu

14 Control Rotary control for device set-up (password protected)

15 AUX On Air On-air key with control LED for external analog source

16 AUX Coord Play ext. source to coordination lines 1, 2, 3 or Help line

17 Labeling Fields Areas for labeling the talk keys

18 Phones Stereo 6.3 mm connector for commentary headphones

19 MIC Lawo-quality mic input (XLR3 / 12 V phantom power*),  
gain control via LCC remote software

20 AUX Mono line input (electronically balanced, 6 dBu)

21 AUX OUT Mono line output of MIC A + B + Guest + Aux (mixed)

22 DC IN Additional 12 V DC input for power-supply redundancy

23 RAVENNA CAT5 connector for IP network connectivity  
(optional: BNC-to-CAT5 converter for longer cable runs)

*  Optimized for the following headset models: Beyerdynamic DT797, Sennheiser HDE25 & HDE26, AKG HSC171   ** RG 59U or better
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 MADI ports (input / output)
 – SC-Socket multi-mode
 Wordclock input

 – Coaxial BNC (75 Ohm termination switchable)
 Video reference input

 – BNC (75 Ohm termination switchable)
 – Black-Burst (PAL, NTSC)
 Supported Sample Rates

 – 44.1, 48, 88.2, 96, 176.4, 192 kHz + / - 12,5%
 MADI formats (I /O)

 – 48 k Frame, 96 k Frame, 56 / 64 Channels, S/MUX 

 Remote
 – USB 2.0
 Power supplies

 – 2 x 84 V to 264 V AC
 – 47 Hz to 63 Hz
 – Safety class 1
 – Phase redundant
 Dimensions

 – Width 19” (483 mm), Height 1 RU (45 mm), Depth 10” (254 mm)
 Weight 

 – About 6.6 lb (3 kg)

Accessories — Handy helpers you can count on.

The MADI.SRC enables the highest quality real time sample 
rate conversion of a complete MADI stream (64 audio channels), 
with excellent audio quality. The device supports all source and 
destination sample rates from 44.1 kHz to 192 kHz, for all 
MADI formats (48k/96k Frame, 56/64 channels).

Inputs and outputs are provided as optical connectors (SC 
multi-mode), and work in parallel; both outputs carry the con-
verted input signal. If required, the input and output signal 
format can be converted from optical to coaxial or vice versa by 
using the SPLIT.CONVERTER.

Synchronisation can be achieved via Wordclock or AES3id 
(AES11), Video Reference (PAL and NTSC), the MADI input 
signal, as well as an internal clock.

By activating the innovative Split Mode, inputs and outputs can 
be used in combination to allow for the conversion of more than 
32 (@ 96 kHz) or 16 (@ 192 kHz) channels, depending on the 
SRC’s setting.

With its bidirectional mode (“2-way”), the MADI.SRC offers the 
possibility to convert the sample rate simultaneously in both 
directions with just one unit. This mode allows sample rate 
conversion of up to 48 channels in one direction and 16 channels

in the other — so this feature is perfect for applications where 
not all available inputs and outputs are required. 

The MADI.SRC offers the highest standard of reliability by the 
use of two phase-redundant power supplies; power inlets and 
switches are on the rear panel. For easy remote access, the 
MADI.SRC features a USB port, which allows for remote con-
trol via Windows software. 

Application examples.
The MADI.SRC can be used wherever sample rate conversion 
with highest audio quality is required. The stream is processed 
in real time and all output channels are phase and sample 
accurate with reference to each other. 

Because of its comprehensive features, the MADI.SRC is also  
a versatile device beyond “simple” sample rate conversion. For 
example, in a situation where two digital systems cannot access, 
or will not use, the same wordclock source. Here the MADI.SRC 
can be used as decoupling unit to connect both asynchronous 
systems without any loss of audio quality.

With the SRC switched off, the device works as a simple format 
converter, and provides different MADI formats at the output 
ports (48 k/96 k Frame, 56/64 channels).

Technical Details

MADI.SCR:
Highest quality real time sample rate conversion.



 MADI ports (input / output)
 – 2 x SC-Socket multi-mode
 – 2 x coaxial BNC, 75 Ohm 
 Power supplies:  

 – 2 x 84 V to 264 V AC 
 – 47 Hz to 63 Hz
 – Safety class 1
 – Phase redundant

 Dimensions
 – Width 19” (483 mm), Height 1 RU (45 mm), 
  Depth 10” (254 mm)
 Weight

 – About 6.6 lb (3 kg)

Accessories — Handy helpers you can count on.

The SPLIT.CONVERTER is a combined MADI format converter 
and signal splitter. It allows both conversion of optical MADI 
signals into coaxial signals, and vice versa, without any delay. 
Using the straightforward input selector, each MADI output 
port can be fed by any input port. All ports are independent 
from each other, allowing the SPLIT.CONVERTER to route and 
convert up to four asynchronous MADI streams simultaneously.

The signal routing is bit-transparent and operates without any 
delays. All common sample rates (up to 192 kHz) and MADI 
formats (48 k/96 k Frame, 56/64 channels) are supported, and 

will pass through unchanged. It is therefore also possible to 
convert and route proprietary data formats.

The SPLIT.CONVERTER offers the highest standard of reliabil-
ity, being equipped with two phase redundant power supplies; 
two power inlets and switches are located on the rear panel.

Application examples.
Switching converter units between control rooms. Redundancy split-
ting /switching (manually) during recording or live sound applica-
tions. Splitting signals for live events (FOH, monitoring, recording).

Conversion coaxial / optical

Splitter “1 : 4”

Independent format conversion of four MADI streams

Technical Details

SPLIT.CONVERTER:
Combined MADI format converter and signal splitter.
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Lawo — References.

We proudly support clients worldwide.
Selected Lawo references.

1plus1 TV (Ukraine); 2MBS (Australia); 3 D Adelaide (Australia); 9Live (Germany); ADAC e.V. (Germany); Aigle Music (Ireland); 
AKK TV Übertragung GmbH (Germany); Al Kass TV (Qatar); Alfacam (Belgium); AMP Radio Network (Malaysia); Antenne Vorarlberg 
(Austria); Arc FM (Switzerland); ARD Capital Studio (Germany); ARD.ZDF medienakademie (Germany); Arena Television Limited 
(United Kingdom); Arirang (Korea); armasuisse (Switzerland); ARTE G.E.I.E. (France); ASTRO TV (Malaysia); ASWAT Radio 
(Morocco); Australian Parliament (Australia); Bada TV (Korea); Bavaria Film GmbH (Germany); Bayannaoer Radio (China); BBC 
British Broadcasting Corporation (United Kingdom); BBC World Services (United Kingdom); BCS Broadcast Sachsen (Germany); 
BeTV (Belgium); BFBS (United Kingdom); BMW AG (Germany); BNR Bulgaria National Radio (Bulgaria); Bonito TV 
Produktionsgesellschaft GmbH (Germany); BR Bayerischer Rundfunk (Germany); Brandenburger Lokalradios GmbH (Germany); 
Bregenz Festival GmbH (Austria); Broadcast Communications International (Singapore); Broadcast Solutions (United Kingdom); 
Broadcasting Center Europe SA (Luxembourg); Beijing Television (China); Bremedia Produktion GmbH (Germany); Bulgarian 
National Radio (Bulgaria); Canal 3 (Switzerland); Canadian Broadcasting Corporation (Canada); Catalunya Radio (Spain); CBS 
Sports (USA); Changzhou Radio (China); Channel One (Russia); CCTV (China); China Petrol Plaza Conference System (China); 
China Radio International (China); Cinevideogroup (Netherlands); City FM (Russia); CJB Korea (Korea); College for Music and 
Theatre (Germany); College radio Aachen (Germany); Cologne Broadcasting Center GmbH (Germany); Comcast (USA); Culture TV 
(Russia); CTV (Canada); Daegu Broadcasting Corporation (Korea); Dalian Radio (China); Daqing Radio (China); Das Inselradio 
(Spanien/Mallorca); Datamatix Datensysteme GmbH (Austria); Deutsche Telekom AG (Germany); Deutschlandfunk (Germany); 
Deutschlandradio (Germany); die fernsehwerft (Germany); Digital Broadcasting Corporation (China); Digiturk (Turkey); Discovery 
Communications Europe (United Kingdom); DMG radio australia (Australia); Dolby Europe (United Kingdom); Dongguan Yulan 
Theatre (China); DR Byen (Denmark); Dutchview Mobile Music (Netherlands); DW Deutsche Welle (Germany); DW Deutsche Welle 
TV (Germany); EC Consilium (Belgium); Edaily TV (Korea); Eesti Rahvusringhääling (Estonia); Egyptian Radio and Television Union 
(Egypt); EPTV Campinas (Brazil); ERF Medien (Switzerland); Ericsson Broadcast (Netherlands); Eyeworks (Sweden); FFH 
(Germany); FM Fuji (Japan); Fohhn Audio AG (Germany); Formula One Management Ltd. (United Kingdom); Fox Studios (USA); 
Fox International Channels (Taiwan); Fraunhofer Institute (Germany); Fuji TV (Japan); Fujian TV (China); FutuVision Group 
(Finland); Gazprom Moscow (Russia); Gcap (United Kingdom); Gearhouse Broadcast Ltd. (United Kingdom); Gearhouse Broadcast 
Australia (Australia); Global Broadcasting Media Management (Finland); Global Radio (United Kingdom); Global Television 
(Australia); GLPIPA (Riff) (France); Google (California); Grrif FM (Switzerland); GTV Korea (Korea); Guangdong Television (China); 
Guangxi TV (China); Guardian Media Group (United Kingdom); Guiyang Radio (China); Guizhou TV (China); Hainan TV (China); 
Hangzhou TV (China); HBS Host Broadcasting Service (Switzerland); HD Broadcast (Germany); HD Protek (Turkey); HD Resources 
(Sweden); HD Signs GmbH (Germany); Henan TV (China); Hit FM Privatradio GmbH (Austria); Hochschule Darmstadt (Germany); 
Hochschule der Medien (Germany); Hong Kong Baptist University (China); HR Hessischer Rundfunk (Germany); HRT Hrvatska 
radiotelevizija (Croatia); Huanan Kuailegou Channel (China); Hunan Satellit TV (China); Huzhou Radio (China); Huzhou TV (China); 
Independent Television Limited (Bangladesh); Institut zur Förderung publizistischen Nachwuchses e.V. (Germany); Japanese 
Parliament (Japan); Jazz.FM1 (Canada); Jiangsu TV (China); JIBS (Korea); Jilin Television (China); Jincheng Radio (China); JTBC 
(Korea); Kannengießer Studiotechnik (Germany); Kantonsspital Winterthur (Switzerland); KBC (Korea); KBE (Korea); KBI Korean 
Broadcasting Institute (Korea); KBS (Japan); Kitanihon Broadcasting Co. Ltd (Japan); Kolej University Islam Antarabangsa 
(Malaysia); Konkuk University (Korea); Kumming Radio (China); Kyodo Television (Japan); Kyoto Broadcasting System Company 
Limited (Japan); Landestheater Detmold (Germany); Life Radio GmbH & Co. KG (Austria); Line Trade Broadcast Inc. (USA); 
Lithuanian National Radio and Television (Lithuania); Livecast TV Produktion GmbH (Germany); M-Net (South Africa); Maghreb 
Productions Communication (Tunisia); Mainichi Broadcasting System (Japan); Manis FM Radio (Malaysia); Mariinsky Theater 
(Russia); Marina FM (Kuwait); Malaysia TV3 (Malaysia); MARX Media Vienna GmbH (Austria); Matrubhumi Ptg. & Pbg Co Ltd. 
(India); MBC Buddhist Television Network (Korea); MBC Middle East Broadcasting Center (Dubai); MBN (Korea); MCA Mauritius 
College of the Air (Mauritius); MCS Sachsen (Germany); med radio (Morocco); MediaCorp (Singapore); Mediatec Broadcast Sweden 
AB (Sweden); MDR Mitteldeutscher Rundfunk (Germany); MFM (France); Ministry for Culture and Information / Radio Jeddah 
(Saudi-Arabia); Ministry of Information (Oman); MMC Magic Media Company (Germany); Mörbisch Festival (Austria); Moscow 
Television TTC (Russia); Mount Royal College (Canada); MRR Macquarie Regional Radioworks (Australia); MTN (USA); MTV3 
(Finland); MTV Canada (Canada); MTV Networks (USA); MusiquePlus (Canada Quebec); N24 (Germany); n-tv (Germany); 
Nanning TV (China); Nanyang Technological University (Singapore); National Grand Theater (China); National Radio Company of 
Ukraine (Ukraine); NATV National Assembly TV (Korea); ND SatCom GmbH (Germany); NDR Norddeutscher Rundfunk (Germany); 
Nelonen (Finland); Ngee Ann Polytechnic (Singapore); Nigerian Television Authority (Nigeria); Ningbo Radio (China); Nippon 
Cultural Broadcasting Inc. (Japan); nobeo GmbH (Germany); NPR (National Public Radio) (USA); NRCU Kiev (Ukraine); NRK 



Norwegian Broadcasting Corporation (Norway); NTV-Plus (Russia); Olympic Stadium (Germany); On Site Broadcasting (New 
Zealand); Onside TV Production (Sweden); Opera de Lyon (France); Opernhaus Zürich (Switzerland); ORF Österreichischer 
Rundfunk (Austria); Orion Media (United Kingdom); Outside Broadcast (Belgium); Outside Broadcast Group (Australia); Palace 
Radio (Greece); Parliament Singapore (Singapore); Parliament TV (Germany); PBR Ltd. (Romania); PLAYteam & the belgium 
commercial radio (Belgium); PLAZAMEDIA (Germany); Polskie Radio (Warsaw); Power FM (Turkey); Press Association (United 
Kingdom); Presteigne Charter (United Kingdom); Prisma Outside Broadcast (Sweden); Privatfernsehen in Bayern GmbH & Co. KG 
(Germany); Projektgesellschaft Neue Messe GmbH & Co. KG (Germany); ProSiebenSat.1 Produktions GmbH (Germany); Prosonic 
(Germany); Pulsar (Argentina); Qatar TV (Qatar); Qingdao TV (China); Radio 1 (Croatia); Radio 24 (Switzerland); Radio 32 AG 
(Switzerland); Radio 88,6 (Austria); Radio Argovia (Switzerland); Radio Bremen (Germany); Radio Caliente (Switzerland); Radio 
Dreyeckland (France); Rádio e Televisão de Portugal (Portugal); Rádio e Televisão Record S/A (Brazil); Radio Energy (Austria); 
Radio ERF (Switzerland); Radio FM1 (Switzerland); Radio France International (France); Radio Fribourg (Switzerland); Radio 
Horeb (Germany); Radio Jeddah (Saudi Arabia); Radio Kalima (Tunisia); Radio Karlsruhe GmbH & Co. KG (Germany); Radio 
Leipzig (Germany); Radio LFM SA (Switzerland); Radio Maria (Austria); Radio MAX (Austria); Radio Medan (Indonesia); Radio 
Merkury Poznan (Poland); radio NRW (Germany); Radio Oasis FM (Tunisia); Radio OneFM (Switzerland); Radio PIK (Poland); 
Radio RdC (Poland); Radio Riad (Saudi Arabia); Radio Romania (Romania); Radio SAWA (USA); Radio Soundportal (Austria); 
Radio Stephansdom (Austria); Radio Tele Taxi (Spain); Radio Télévision Belge Francophone (Belgium); Radio Television Hong 
Kong (Hong Kong); Radio Televisione Italiana / RAI (Italy); Radio Televizija Republike Srpske (Bosnia and Herzigovina); Radio 
Televizija Slovenija (Slovenia); Radio Tunis (Tunisia); Radio Vaticana (Italy); Radio X-Mix (Germany); Radio school (Switzerland); 
Radiotelevisione svizzera (Switzerland); RAI Radio (Italy); RBB Rundfunk Berlin-Brandenburg (Germany); RBS Floripo (Brazil); 
REN-TV (Russia); Ria Novosty (Russia); RJB Radio Jura Bernois (Switzerland); Rhône FM SA (Switzerland); Rogers TV (Canada); 
Rotterdamse Schouwburg (Netherlands); Rouge FM (Switzerland); Royal Thai Army TV5 (Thailand); RT Television (USA); rt1.
tv productions GmbH (Germany); RTB studios (Brunei); RTL (Germany); RTL Belgien (Belgium); RTL Club Hungary (Hungary); 
RTM (Malaysia); RTRK Kazakhstan (Kazachstan); RTRS (Bosnia-Herzegovina); RTSI Radiotelevisione svizzera di lingua italiana 
(Switzerland); RTT Radio Television Tirol (Italy); RTTV Arabica (Russia); RÚV (Island); SABC South African Broadcasting Corporation 
(South Africa); Safra Radio (Singapore); Sámi University College (Norway); Samsung Engineering (Korea); Samtgemeinde 
Bruchhausen-Vilsen (Germany); SATCOM GmbH (Germany); Sawt al Madina (Jordan); SBIS Swaziland Broadcast & Information 
Services (Swaziland); SBS (Australia); SBS Radio Korea (Korea); SCDF Singapore Civil Defence Force (Singapore); Shandong TV 
(China); SMG Shanghai Media Group (China); Sichuan TV (China); Singapore Media Academy (Singapore); SiriusXM Radio 
(USA); SiS Live (United Kingdom); Siyaha FM (Jordan); SKY Germany (Germany); SKY Italia (Italy); Slovak Radio (Slovakia); 
Soliflex Svenska AB (Sweden); Southern Cross Broadcasting (Australia); Southern Cross Media Group (Australia); Southern Cross 
Ten (Australia); Southern Television Guangdong (China); Spectrum Medya (Turkey); Sph Radio (Singapore); Sport FM (France); 
Sport TV (Portugal); SR Saarländischer Rundfunk (Germany); SRG (Switzerland); SRTC Sudanese Radio & TV Corporation (Sudan); 
SSVC Services Sound and Vision Corporation (United Kingdom); Staatstheater am Gärtnerplatz (Germany); STB (Ukraine); Studio 
Berlin Adlershof (Germany); Studio Berlin Mobil (Germany); Sveriges Television AB (Sweden); SWR Südwestrundfunk (Germany); 
T-Systems Business Services GmbH (Germany); Taizhou Radio (China); TBC (Korea); TDM Macau (China); Technicolor Creative 
Services (Canada); Tele 1 AG (Switzerland); Tele Bielingue (Switzerland); Televisió de Catalunya (Spain); Television Nishinippon 
Corporation (Japan); Television Systems Limited (United Kingdom); Tele Ostschweiz (Switzerland); Telebärn (Switzerland); 
Temasek Polytechnic (Singapore); Terra Editora Comércio e Servicos (Brazil); Tianjin TV (China); TIKA – Turkish Intern. Coop. 
and Development Agency (Turkey); tpc tv production center zurich (Switzerland); Triofilm (Germany); TRK Kremlin (Russia); TSN 
Radio (Canada); Turkish Radio and Television (Turkey); Turner Broadcast Systems (USA); TV 2 (Denmark); TV Anhanguera (Brazil); 
TV Asahi Corporation (Japan); TV Brno (Czech Republic); TV Chosun (Singapore); TV Integração (Brazil); TV Kultura (Russia); TV 
Prag (Czech Republic); TV Skyline (Germany); TV Studio Kiev (Ukraine); TV-Unit GmbH (Germany); TVN (Germany); UnionWorks 
Pte Ltd. (Singapore); University Mainz (Germany); University of the Arts Berlin (Germany); University of Music and Performing 
Arts Graz (Austria); Universiti Malaysia Sabah (Malaysia); University Mozarteum (Austria); University Warsaw (Poland); VGTRK 
(Russia); Videohouse (Belgium); Volksoper Wien (Austria); VRT Vlaamse Radio- en Televisieomroep (Belgium); VTM Production-
Service GmbH (Germany); WDR Westdeutscher Rundfunk (Germany); Welle 1 Salzburg (Austria); WIGE Media AG (Germany); 
Wuhan Donghu Conference Center (China); Wuhan Qintai Theatre (China); X-ART ProDivision (Austria); Xazar TV (Azerbaijan); 
Xi’an People’s Radio (China); Xiamen Radio (China); Xiamen TV (China); XM Satellite Radio (USA); YLE Finnish Broadcasting 
Corporation (Finland); YTV Osaka (Japan); Yulin Radio (China); Yunnan People’s Radio (China); Yzrael Valley Academy (Israel); ZDF 
Zweites Deutsches Fernsehen (Germany); Zhejiang TV (China); Zhongshan Radio (China); ZKM Center for Art and Media (Germany)
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