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8. C80 
Stage Tec
Stage Tec will demonstrate 
AVATUS, a fully IP-based 
console with a new concept 
which requires no central 
control section. Twelve colour-
coded faders, two 21” 
multi-touch displays, and 48 
dual-concentric encoders are 
combined to form consoles ranging from 12 to 96 faders.

On each multi-touch display, audio channels’ parameters can be 
controlled in a large detailed view, and monitoring functions or current 
status of audio channels can be called up. Visual feedback on a wide 
range of operator actions gives the user confidence and an overview of 
their work.

For editing, AVATUS uses the DSP core (RMDQ) familiar from the 
AURUS mixer. Integrated into a NEXUS network, AVATUS has access to 
almost unlimited input and output resources of any format. 128 freely 
programmable summing buses and up to 800 DSP channels are 
available. AVATUS is backwards compatible and enables even long-term 
customers to migrate from older systems. The channel format width 
ranges from mono to 7.1, with features like loudness metering and the 
Stage Tec automixer. The web-based Remote UI allows display and 
operation of parameters via a web browser.

8. B50
Lawo
The new mc²56 
is optimized for 
today’s IP-video 
production environment, designed from the ground up for networking in 
complex production infrastructures, with full native support for SMPTE 
2110, AES67 / RAVENNA, DANTE and MADI audio streams. Its well 
known networking performance has been enhanced further thanks to 
unique new capabilities such as IP-Share gain compensation and DSCA 
Dynamic Surface to Core Allocation.

Because reliability is paramount, the console’s local I/O provides 
dual-redundant IP network interfaces to deliver two simultaneous, 
identical, connections to the Nova73 router, following the SMPTE 2022-7 
‘Hitless Merge’ standard for stream and port redundancy. Comprehensive 
local I/O includes 16 Lawo-grade Mic/Line inputs, 16 Line outputs, eight 
AES3 inputs and outputs, eight GPIO, and a local MADI port (SFP). 
Available in frames from 16 to 112 faders, mc²56 supports a massive 8,192 
x 8,192 crosspoints, with 888 DSP channels, 144 summing buses and 128 
Aux buses at 44.1-96kHz operation. With a 64-fader surface suited to 
most OB vehicle dimensions, a 16-fader stand-alone extender may be 
added to an mc²56 for subsequent expansion at any time.

Lawo designs and manufactures network, control, audio and video 
technology for broadcast and post production, as well as live 
performance and theatrical applications. 

10.A31 & A38
Riedel

This year will mark the European premiere of 
Riedel Communications’ new Artist-1024 node. 
With higher port densities and full SMPTE 
2110-30/31 (AES67) compliance, Artist-1024 is 
the next evolutionary step in the continuous 
development of the Artist intercom 
ecosystem. The Artist-1024 node boasts 1024 
non-blocking ports in just 2RU, significantly 
reducing rack space requirements. This latest 
addition introduces a range of technical 
innovations centred on software-definable 
Universal Interface Cards (UIC). This new type 
of interface card allows networking, mixing, and 
management, and can be configured to act as 
an AES67 or MADI subscriber card, or as an 
Artist fiber/router/processor card. Changing the 
connectivity type is as easy as reconfiguring the 
UIC with the click of a button in the Director 
configuration software.

8.C64
Schoeps
Schoeps has 
partnered 
with Telinga to 
introduce a 
new parabolic 
microphone 
system that 
achieves high 
directivity in a portable, foldable form factor. 
Parabolic mics often used by nature sound 
recordists, but the system comes with a very 
unbalanced frequency response, varying for 
different directions of sound incidence, leading 
to strong colouration which has limited more 
general use. To overcome this, the new 
parabolic set is a matched system. The 
microphone position is designed to produce a 
smooth frequency response for the three 
recommended CCM microphone types. 
Although the response is now smooth, it is not 
even, so is automatically equalized with 
Schoeps’ free plug-in ParabolEQ. The plug-in 
performs filtering based on the entered 
application parameters, producing a flat 
frequency response between 100Hz-20kHz. 

8.D98
CEDAR

The latest noise suppression and audio 
restoration technologies for film and TV post, 
live broadcast, mastering, archives, and audio 
forensics will be on show. Products include the 
DNS2 (review Resolution V15.7) and CEDAR 
Studio 8 (review Resolution V18.1).
Also on show will be a major new CEDAR 
product for broadcast and live sound. This has 
been in development for more than two years 
and, although it’s still a closely guarded secret, 
production is now well underway and delivery 
in expected in September/October 2019. More 
details will be announced shortly on the 
Resolution website, just before the show.
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8.D56
Studer
Studer by 
Harman will be 
presenting 
solutions 
including Vista 
5BE, Glacier and Micro broadcast audio consoles. The Studer Vista 5 BE 
is available in 22, 32 and 42 fader sizes, and supports an optional TFT 
meter bridge. The console’s features include Studer’s Vistonics interface 
and FaderGlow technology, plus Infinity Core capabilities such as 
Dynamic EQ plug-ins and full redundancy with up to 1000 Mono 
Equivalent Channels. Vista 5 BE supports any of the Infinity Core 
products, including the Infinity Core 300, 600 and 1000, as well as the 
new Studer Infinity Core ‘Commercial off the Shelf’ solution. This IT-
friendly solution allows customers to run Studer’s real-time processing on 
their own server hardware by adding a PCIe Infinity CoreLink card.

The Studer Glacier Series is a customisable broadcast solution 
providing comprehensive control, flexibility and interoperability for any 
on-air application. Two streamlined modules make operation faster and 
easier by providing essential controls for live broadcast.

The Studer Micro Series is a compact, cost-effective digital audio 
system that provides the features and functionality of a 
comprehensive mixing system. By combining Studer quality with 
features including AoIP, Lexicon effects, VoiceMix automatic mixing 
and more, the Studer Micro Series delivers value for a variety of 
applications. Comprised of the core unit, graphical user interface and 
optional fader control surface, the Studer Micro Series is ideal for radio 
and TV broadcast, production studios, ENG/DSNG, with control from 
any standard web browser or tablet.

8.C74
Lectrosonics
The new D Squared digital 
wireless microphone platform 
(reviewed in this issue, page 24) 
utilises Lectrosonics 4th-
generation digital architecture for 
excellent flexibility, ultra-fast setup, studio quality audio, and ultra-low 
latency. The system includes the DSQD 4-channel digital receiver, DBu 
digital belt pack transmitter, and DHu digital handheld transmitter. 
System features include 24-bit 48kHz digital audio, 2-way IR sync, three 
levels of encryption, and a tuning range from 470-608MHz (470-614MHz 
for export versions). 

The DSQD digital receiver is a four-channel, half-rack design with 
high-resolution color display and analog or Dante digital outputs. The 
receiver is compatible with the latest Lectrosonics all-digital transmitters 
and is also backward compatible with any Digital Hybrid Wireless 
transmitters. Three different receiver diversity schemes can be employed, 
including antenna phase switching (during packet headers for seamless 
audio), Digital Ratio Diversity, or Digital Frequency Diversity.

The DBu belt pack and DHu handheld transmitters include specially 
developed, high efficiency digital circuitry for extended operating time on 
two AA batteries and offer RF power selections at 25 and 50mW. The 
pure digital architecture enables AES 256-CTR encryption for high level 
security applications. Two-way IR ports ensure quick setup and allow for 
encryption key transfer and other data sharing between units. 

Based in Rio Rancho in the heart of New Mexico, Lectrosonics is well 
respected within the film, broadcast, music, and theatre technical 
communities. The company prides itself on a range of products ‘built to 
last’.



8.C61 
Calrec
On show for the first 
time at IBC is Calrec’s 
VP2 virtualised mixing 
system (see technical 
article this issue, page 
51). VP2 has no physical 
control surface and 
utilises Calrec’s Assist software for setup and control. VP2’s 4U core 
comes in three DSP sizes: 128, 180 and 240 input channels and 
incorporates Calrec’s powerful Hydra2 networking solution. Calrec Serial 
Control Protocol (CSCP) can allow the audio console to be completely 
controlled by an automation system.

VP2 enables the station to reap many of the benefits of using a Calrec 
console, but without a physical control surface. Control and setup is via 
Calrec’s Assist software, which can be accessed from multiple locations 
via a web-browser. The technical director/operator can be given basic 
control functions whereas an engineer can delve deeper to fine tune the 
setup or recall different setups as needed. 

Calrec will also be highlighting its ImPulse core technology. This is a 
powerful audio processing and routing engine with AES67 and SMPTE 
2110 connectivity. The ImPulse core is compatible with current Apollo 
and Artemis control surfaces, providing a simple upgrade path for 
existing Calrec customers. In addition, future scalable expansion will 
allow up to four DSP mix engines and control systems to run 
independently on a single core at the same time, providing the ability to 
use multiple large-format mixers simultaneously in an extremely cost-
effective and compact footprint. Calrec will also have on hand its H2-IP 
Gateway and the AoIP Modular I/O controller card. Both products are 
SMPTE 2110/AES67-compatible. 

8.E85
DirectOut
DirectOut’s PRODIGY.MC 
modular audio converter 
with AoIP and extended 
remote capabilities is 
receiving its first features 
update, for an extended 
feature set with JSON 
control. While PRODIGY.MC can be managed natively via globcon, a 
unified remote-control platform, or via integrated web server, a fully 
implemented JSON-API allows third-party remote-control for the first 
time, with further protocols to be added in the future for increased 
system integration.

Providing an option slot for audio network formats including Dante, 
RAVENNA and SoundGrid, PRODIGY.MC allows flexible and seamless 
integration in network-based audio environments. For maximum 
performance and interoperability, the new high-capability RAVENNA 
network audio module RAV.IO complies with ST 2110-30/31 and supports 
all ST 2022-7 classes. A major feature is the powerful processor/buffer, 
which can compensate for delays in excess of 500ms — perfect for (sync) 
critical WAN environments.

New features also include an LTC reader and BLDSTM Generator, 
which can be monitored and controlled using globcon and offer powerful 
tools for a variety of applications. BLDS is available as (virtual) source in 
Matrix, and provides monitoring of connections with automatic fail-over 
switching. The internal LTC reader displays incoming linear timecode on 
its built-in 5-inch touchscreen or via the globcon control software.

PRODIGY.MC is being demonstrated at the IBC Show at DirectOut 
(Stand 8.E85), as well as being showcased at ALC NetworX/RAVENNA 
(Stand 8.F57) and part of in Audinate’s demo wall (Stand 8.A25).
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7.B55
Avid

Avid will debut Pro Tools 2019 to the European 
market, delivering more power and 
performance for fluid music creation and 
demanding audio post workflows. This latest 
release has new features, including support for 
macOS Mojave. Pro Tools Ultimate offers 50% 
more voice/audio tracks than previous versions, 
increasing the base voice limit to 384, with 
options to add up to 768 per system. 
Enhancements to playback features encourage 
more fluid creativity — users can insert plug-ins, 
add or delete tracks, adjust loop duration and 
more — without playback errors disrupting their 
flow. Avid will also be showcasing AvidPlay, a 
music distribution service for its Avid Link app 
that enables artists, producers and music labels 
to easily distribute their music on the most 
popular streaming services.

8.F09
Dolby Laboratories

At this year’s IBC, Dolby will show how its 
best-in-class audio and visual technologies — 
Dolby Atmos and Dolby Vision — drive 
entertainment experiences to the next level. At 
IBC, Dolby will showcase the latest 
enhancements in Dolby’s content creation tools, 
making it even easier to mix, master and deliver 
content in Dolby Atmos, across many genres of 
post-produced content and in more 
environments.

 Dolby will also demonstrate Dolby AC-4 — 
the next generation audio codec of choice for 
the global broadcast industry. At Dolby’s IBC 
booth and also in the Future Zone, show 
attendees will be able to see how AC-4 enables 
next generation audio features, including Dolby 
Atmos across a range of devices, today by 
means of an HbbTV app.

8.E97
JoeCo

JoeCo design, manufacture and sell 
professional multichannel audio recorders and 
playback systems. Used by broadcasters 
around the world for many high profile 
programs. The JoeCo BlackBox Recorder range 
has grown in popularity since its first release in 
2009. Now available with a variety of audio 
interfaces including Analogue, MADI, DANTE, 
SoundGrid and Mic Pre Amps. The Blackbox 
BBR64-MADI RECORDER is designed to 
record and replay up to 64 channels of MADI 
data at standard sample rates directly to 
Broadcast WAV files on an external USB2 drive. 
Double sample rate MADI recording (up to 
96kHz) is also accommodated. 

The JoeCo cost-effective BlueBox range has 
24 balanced line inputs/outputs, 16 ADAT 
inputs, provides a UAC compliant interface to 
host computers for backup purposes, and can 
act as a standalone 24-track field recorder.

Cello is a new desktop audio interface 
(reviewed this issue, page 22) that can operate 
at sample rates up to 384kHz.



8.D70 
DPA
Hot on the heels of its 
recent Red Dot Design 
Awards success, DPA 
Microphones will be 
showcasing its 6000 
series of Subminiature 
Microphones at this 
year’s IBC. Measuring 
just 3mm (0.12 inches) in diameter, 6000 series capsules are 60% smaller 
than the company’s existing 4000 series, but equally as powerful, partly 
because they include the CORE by DPA microphone amplification 
technology that reduces distortion and increases dynamic range. The 
series includes the 6060 and 6061 Subminiature Microphones that can be 
fitted to clothes in the form of a virtually invisible lavalier, and the 6066 
Headset — recipient of a prestigious 2019 Red Dot Award — that is 
extremely comfortable to wear and so easy to fit that even the most 
inexperienced artist or performer can mount it themselves.

At IBC, DPA will also highlight the sonic consistency between its 
d:screet Lavalier and d:dicate Shotgun Microphone solutions, a feature 
that makes these microphones ideally suited to the fast-paced film and 
television productions of today. Another new DPA product on show for 
the first time in Europe is the 4097 CORE Supercardioid Choir 
Microphone, which is for house of worship and choir applications. 
Providing the same sonic qualities as the brand’s d:vote CORE 4099 
Instrument Microphone, this microphone was specifically designed to 
capture dynamic choir sound, with both wireless or wired configurations. 
DPA will be showing all of these microphone solutions — and more — in 
conjunction with its Benelux distributor AMPTEC. Listening stations will 
be available so that visitors can hear the microphones for themselves. 

8.D61
Genelec
IBC 2019 sees the debut of 
three additions to Genelec’s 
‘The Ones’ series of Point 
Source Monitors. The new 
8351B and 8361A coaxial 
monitors, alongside the 
W371A Adaptive Woofer System means that ‘The Ones’ family now brings 
its uniquely uncoloured reference monitoring performance to a much 
wider range of room sizes, listening distances and SPL requirements — 
from ultra-nearfield through to main monitor applications. 

The flagship 8361A offers the most advanced acoustic performance of 
the studio monitor range currently available — delivering a full-range 
monitoring experience at any listening distance up to 5 metres, while the 
newly upgraded 8351B improves on the exemplary performance of its 
predecessor by offering increased SPL, additional room compensation 
EQs, equalised delay and enhanced HF response. 

The W371A Adaptive Woofer System custom-tailors system 
performance carefully to the room over the critical lowest four octaves, 
and is designed to seamlessly complement the 8341, 8351 and 8361 
monitors — creating a series of full-range monitoring solutions with 
unrivalled neutrality and supreme control of directivity and the effects of 
room acoustics. 

All three new models integrate tightly with Genelec’s GLM software, 
which allows configuration, calibration and control of Genelec smart 
monitoring systems from stereo through to complex immersive formats. 
GLM 3’s reference microphone kit allows your acoustic environment to be 
analysed, after which GLM’s AutoCal feature optimises each monitor for 
level, distance delay, subwoofer crossover phase and room response 
equalisation, with the option for you to further fine tune the system. 
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8.D89
RTW

RTW focuses on visualising audio in order to let 
audio engineers make informed decisions in 
professional broadcast, production, post 
production and quality control. On the 
hardware side, a brand-new audio monitor in 
the company’s TM-range will be shown. It is a 
further expansion of the TM-family that is 
tailored to the needs of the modern 
broadcaster. 

RTW will also reveal a new license for the 
TM-meters, making them ‘2020-Olympics-
ready’ with regard to the latest multichannel 
audio and transmission formats. “It is always 
important for us to be present at the IBC 
shows,” says Andreas Tweitmann, CEO of 
RTW, “and especially when we have such 
significant news to share on both the hardware 
and software side of things.”

O.E02
Broadcast Solutions

The new Streamline S12T model will be available 
to view at their outdoor stand. With over 45 
units built and on the road, the Streamline 
concept is the world’s most successful OB Van 
series. The new S12T model is based on a 
26-ton self-driving truck with a single expansion 
box-body build-up. The S12T works with up to 
12 4K/UHD cameras based on 12G-SDI UHD 
Single Link and offers sufficient 3G-SDI Quad 
Link gateways for monitoring purposes. 

With this new model, Broadcast Solutions 
once again makes use of innovative and 
future-driven technology combined with 
flexible workspace and room layouts. All 
decisions of the Broadcast Solutions team aim 
at maximising the use of space and resources 
within the vehicle, thus offering sufficient space 
for teams of up to 14 people working 
conveniently.

10.B41
TSL Products

TSL will highlight a new range of modes for its 
SAM-Q audio monitors. The company will also 
feature updates to its PAM-IP line and its 
expansive functionalities, beyond audio and 
video monitoring, as well as user improvements 
to its MPA1 range. TSL Products’ SAM-Q, 
launched at NAB 2019, is now shipping the first 
edition to the range, SAM-Q-SDI, to customers 
worldwide. SAM-Q represents a new approach 
to audio monitoring, allowing customers to 
determine how they wish to control and 
visualize their audio content. TSL is adding new 
modes of operation, specifically for sound 
engineers who need to measure and guarantee 
audio delivery. These include audio phase, 
loudness monitoring and peak latch modes. In 
addition, TSL Products will announce the ability 
to add MADI monitoring to the SAM-Q-SDI by 
way of a license. 
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8.D50 
Sennheiser
Products presented at IBC will 
include Sennheiser’s entry-level 
2.4GHz XS Wireless Digital 
systems for DSLR/DSLM audio 
(review, Resolution V18.3); the 
professional SK 6212 UHF 
mini-bodypack transmitter and 
EK 6042 camera receiver for location and studio work; and the Neumann 
KH 750 DSP subwoofer and Neumann NDH 20 studio headphones. 
Producers visiting stand 8.D50 will discover a wide choice of wireless 
microphone systems, with series including the XSW-D, AVX, evolution 
wireless, and Digital 6000 and Digital 9000 systems.

Wired on-camera microphones on show include the popular 
Sennheiser MKE series and Sennheiser’s industry-standard MKH 8060 
and MKH 416 shotgun microphones as well as Neumann KMR 81i and 
KMR 82i. Neumann’s NDH 20 headphones will be joined by Sennheiser’s 
classic HD 25 as well as the HD/HMD 300 series headphones and 
headsets for the production studio and ENG work. Neumann’s studio 
monitors can be auditioned in a stereo set-up in two configurations: two 
KH 80 DSP monitoring loudspeakers with a KH 750 DSP subwoofer, and 
two KH 310 monitoring speakers with a KH 750 DSP. Visitors can see both 
set-ups controlled by the Neumann.Control software.

In the AMBEO immersive audio area, two full end-to-end workflows 
for multi-channel and Ambisonics productions will be displayed. A 
highlight of this set-up is the opportunity for visitors to create an audio 
mix for both workflows in VR — all via the immersive interface of dearVR 
SPATIAL CONNECT from Dear Reality. Also on display is the prototype of 
the AMBEO Sports Microphone Array for capturing 360° audio.

8.E96
Merging, PSI Audio
Merging Technologies is a Swiss 
manufacturer with 28 years of experience 
in developing ground breaking 
professional audio and video products. 
Merging will be sharing the stand with 
other like-minded Swiss audio companies, 
loudspeaker manufacturer PSI Audio, and 
Sonosax.

Merging Technologies has recently 
launched the Anubis, a new audio 
interface incorporating the Swiss expertise in analogue and digital, 
networked audio and DSP technology. This ultra-mobile unibody case 
offers benchmark A/D mic pre performance with a dynamic range of 
139dB. The Anubis interface has four analogue inputs, 2 mic/line XLR and 
TRS jack and two line/instrument inputs. On the output side, two gold 
plated XLR and two TRS balanced jacks allowing switching between two 
sets of speakers. There are two independent stereo headphone jacks with 
high quality amplification, combined to offer a total of six outputs. There 
is also MIDI IO or GPIO and AES67/RAVENNA RJ45 ethernet connection 
to your Mac or PC, via Core audio, ASIO or Ravenna AES67 network.

Anubis is available in two models: Anubis Pro gives exceptional 
performance up to 192kHz and Anubis Premium offers up to 384kHz and 
DXD/DSD 256. There is access and control of the I/O from any other 
Merging device on the network, so adding a HAPI or HORUS to your 
setup expands the inputs and outputs available. They also provide you 
similar ability to connect the I/O from any other compatible AES67 
device. ‘Pairing’ these other devices allows Anubis to expand its I/O to 
manage as many as 256×256 signal paths.

10.F29
Pliant Technologies

Pliant will feature the latest firmware update for 
its CrewCom wireless intercom system along 
with its newly enhanced SmartBoom series of 
headsets. The newly updated CrewCom 
firmware provides numerous system 
improvements as well as the incorporation of 
new Oceania 900MHz models. The enhanced 
SmartBoom LITE and SmartBoom PRO headsets 
feature an improved dynamic noise-canceling 
microphone with wider frequency response and 
increased sensitivity, an updated foam ear pad 
for added stability and comfort, and a convenient 
flip up microphone muting feature.

Pliant continues to expand its offerings with 
new products including 
the Drop-in Charger, 
Fiber Hub, and FleXLR, 
which will also be on 
display at the show. 
The innovative FleXLR 
gender adapter gives users the flexibility to 
connect headsets to devices with non-
matching 4- and 5-pin XLRs, such as CrewCom 
RPs or control units. 

10.A25
Axon Digital
A year after 
launch, Axon 
Digital Design’s 
Neuron Network 
Attached 
Processor is 
gaining significant 
traction 
among top 
broadcasters who 
are impressed by 
its ability to bridge 
the gap between 
legacy SDI and 
complex IP 
environments. This 
next generation signal processing platform, 
which packs a powerful punch by supporting 
200 Gb/s and 64 channels or 16 UHD channels 
in a single rack unit, will be on show at IBC. 
Whether deployed as efficient ‘modular glue’ in 
a pure native IP infrastructure or to seamlessly 
bridge legacy SDI technology into an IP 
environment, Neuron’s FGPA-based processing 
power provides guaranteed bandwidth 
performance to deliver complex Ultra HD and 
8K productions. It also supports the latest 
industry standards by handling uncompressed 
SD, HD, 3G and UHD signals based on the 
ST2022-6 and ST2110 specifications.

8.E61
Sonifex
Sonifex is showing its 
new Multi-Channel 
Dante Audio 
Interfaces at IBC 
2019. These 
interfaces 
consist of 
the AVN-
AI04, 
AVN-AI08 and 
the AVN-AO16. 
The AVN-
AI04 and AVN-AI08, provide 
four and eight respectively balanced analogue 
inputs and outputs to and from the Dante 
network. The AVN-AO16 audio converter and 
interface creates up to sixteen analogue 
outputs from the Dante Audio-over-IP 
networking standard. Simple to configure and 
operate, these cost effective rack-mount 
products offer an easy solution for AV 
professionals and system integrators. 
Packaged in a 1U form factor, they use Neutrik 
XLR connectors, are Dante Domain Manager 
compliant, AES67 compliant and use PoE for 
power. Meanwhile, the Sonifex AVN-CU2-
DANTE Configurable Dante Commentary Unit 
has been nominated as a finalist in 
the Product category of the IBC IABM BaM 
Awards 2019.
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Pod F.P37 
NUGEN
The newest updates to 
NUGEN’s VisLM loudness 
metering software will be 
presented at IBC 2019. 
VisLM now offers a new 
maximum loudness 
range (LRA 18) for its 
Netflix preset that will 
benefit forward-thinking productions supplying content to the SVOD 
platform. The company is also rolling out navigable/visual alerts that 
further simplify operation.

VisLM offers a uniquely comprehensive user interface design that is 
focused on the world’s standard loudness parameters, such as the newly 
implemented LRA 18 for Netflix productions. Using this solution, editors 
can have access to detailed historical information that enables them to hit 
the target every time.

Additional loudness logging and time-code functions allow for analysis 
and proof of compliance, while the updates to the alerts allow users to 
quickly and easily navigate through an audio clip to find any loudness 
errors that might be present. A combination of three highly versatile 
plug-ins, the Loudness Toolkit bundle includes the VisLM loudness meter, 
ISL limiter and LM-Correct quick-fix tool, as well as supporting native 7.1.2 
audio processing and loudness parameters for advanced loudness 
control and dialogue consistency.

8.D83
Solid State Logic
Solid State Logic will use this 
year’s IBC show to preview 
ongoing developments 
across their System T broadcast 
audio production platform. Launched 
earlier this year, IBC will see the first 
European showing of the new S500m 
console. With all the flagship features 
of the System T S500 console in a significantly 
lighter form factor, the S500m is specifically 
designed for OB and flypack applications where weight and portability 
are key concerns. It’s modular functionality also lets a console be 
deployed with or without an extended meter bridge. This allows a 
complete production system to be easily be transport in a purpose built 
rack case, providing a console stand, meter bridge shipping storage and 
two 8RU racks for Tempest Engines and Network I/O. 

Supporting the demand for Next Generation Audio (NGA) within 
broadcast content, System T’s architecture provides processing for 
multiple audio formats for immersive and three-dimensional audio; 
channel-based, objects, Ambisonics and binaural. With support for 
multiple formats including ATSC 3.0, Dolby Atmos, and MPEG-H, the 
recent Sennheiser AMBEO partnership now adds on-board conversion 
support for the AMBEO VR Mic, with a 360 transcoder to render to a 
wide range of multi-channel outputs from 4.0 to 7.1.4. 


