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Introduction to SSL 18

26-in/28-out, high-performance USB audio interface

Introducing SSL 18, the head of state in Solid State Logic’s celebrated line of USB audio interfaces. Building upon the success of SSL
2/2 MK Il and SSL 12, SSL 18 raises expectations for 19” USB audio interfaces, with exemplary audio performance and a studio-
session-ready feature set that caters for engineers and producers who demand the highest possible standards for their music. Its
effortless integration with other professional equipment makes it the ultimate centrepiece for the serious project studio, whether you
are recording, producing or mixing. SSL 18 doesn’t need flashy gimmicks— just that rock-solid, world-class SSL sound that we all
know and love.

Why Choose SSL 18?

Best-In-Class Audio Performance

Next generation 32-bit/192 kHz converters provide the platform for SSL 18’s analogue design to shine, with unrivalled dynamic range
performance of 120 dB across all microphone, line-level and instrument inputs — capture your sources like never before. Then,
experience an incredible 125 dB dynamic range on the monitor and line outputs to hear your music with uncompromised fidelity. Need
to work on headphones? No problem, with the unbeatable 120 dB dynamic range on offer from the dual-headphone outputs.

The Ultimate Studio Hub

SSL 18 is the only product in its category that is designed to properly integrate with professional outboard gear, thanks to the +24 dBu
capable inputs and outputs. What’s more, all analogue outputs are DC-coupled, making them ideal for sending control voltages to
synthesisers. A host of digital audio connections means that SSL 18 is ready to expand your I/O count whenever you are, with an
additional 16 channels via ADAT and a further 2 via S/PDIF.

19” Rack Personal SSL Recording Studio

SSL 18 has all the flexibility you'd expect from an SSL equipped studio: a dedicated talkback input with the famous LMC (listen mic
compressor), alternative speaker switching, flexible headphone outputs that can be reconfigured to work with any set of headphones
and the ability to re-purpose outputs 9 and 10 as analogue insert sends on inputs 1 and 2, perfect for tracking with analogue
processing in-line.

SSL 18 Mixer Powered by SSL 360°

The SSL 18’s on-board low-latency mixer is controlled via SSL 360° — the place where you can dial in headphone mixes, adjust
metering preferences, customise the front panel buttons and much more. Think of it as your virtual SSL console environment, perfect
for managing busy sessions all from one place.

Engineered For Excellence

Designed by the same engineering team behind the esteemed range of analogue and digital mixing consoles, SSL’s rich heritage and
know-how for multi-track audio is laced throughout the design. From the class-leading microphone preamps to the choice of industry-
grade components like Alps® pots and Neutrik® connectors, SSL 18 delivers the kind of quality you’d expect from a world-class
recording studio, directly to your own studio.

Features

e 26-in/28-out USB audio interface for Mac and Windows



8 x SSL-designed microphonel/line-level inputs

= 4K analogue enhancement, Polarity Invert, High-Pass Filters and 48V Phantom Power per channel.

= Line inputs bypass preamp — perfect for integrating external preamps Configurable analogue insert points for inputs 1

and 2, great for tracking with analogue gear

= |nputs 1 and 2 switchable to instrument-level
10 x DC-coupled, balanced line-outputs

= Alternative speaker switching available for pairs 1&2 and 3&4

= +9 dBu/+24 dBu output level configuration options for pairs 1&2 and 3&4 to best match your monitors

= DC-coupled outputs are perfect for sending control voltages to synthesisers and modular rigs
* 2 x independent, powerful headphone outputs with dedicated level controls

= 3 mode options to suit different headphone impedances — Standard, High Sensitivity, High Impedance

= Create custom headphone mixes

= Re-purpose as line outputs
Dedicated Talkback input with Listen Mic Compressor (LMC).

Talkback input can also be used in LINE mode for creative processing of stems through the LMC when mixing
+24 dBu operating level for inputs and outputs - perfect for integrating professional outboard gear as hardware inserts.
e 16 channels of ADAT 1I/O at 44.1/48 kHz, 8 channels at 96 kHz
2 channels of S/PDIF (coaxial or optical)
MIDI I/0 on 3.5 mm TRS jacks (Type A).
Flexible clocking options - internal (clock signal available on Wordclock output), or clock from incoming ADAT or S/PDIF.
Next-generation 32-bit/192 kHz converters.
Class-leading audio performance in every area
= Best-in-class low-noise microphone preamps with outstanding —130.5 dBu EIN and 67 dB gain range for
working with any microphone

= Best-in-class 120 dB dynamic range across all inputs & headphone outputs
= Best-in-class 125 dB dynamic range on monitor and line outputs
SSL 18 Low-Latency Mixer powered by SSL 360°
= Comprehensive management of all inputs and outputs onto the SSL 18 low-latency mixer
= Create and manage the control room monitor mix
= Create 4 custom monitor mixes with ease — HP A (stereo), HP B (stereo), LINE 3-4 (stereo or dual mono)
= Flexible Mirror Routing system to route any input or aux master directly to an output - perfect for feeding
personal monitoring systems, external metering and outboard FX
= Customise the monitoring section front panel buttons to suit your workflow
Defaults are CUT monitoring, ALT monitor switching and TALKBACK on/off
= Save/Load SSL 18 Mixer profiles for various workflows — e.g. create tracking templates, mixing templates
etc
« Stereo Loopback with selectable loopback source
¢ SSL Production Pack Software Bundle
Includes the SSL Production Pack Software Bundle - an exclusive collection of DAWSs, Virtual Instruments
and Plug-ins.

Connections Overview
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ADDITIONAL ANALOGUE OUTBOARD PROCESSING

Getting Started

Unpacking

The unit has been carefully packed and inside the box, you will find the following items:

o SSL 18

(o)

Safety Guide
o USB 'C'to 'C' USB Cable

o USB 'C'to 'A' adapter

]

IEC Power Cable for your region

USB Cables & Power

Please connect the SSL 18 to your computer using the provided USB cable. The connector on the rear of SSL 18 is a 'C' type. The

type of USB port you have available on your computer will determine if the USB C to A adapter is required. Newer computers may
have 'C' ports, whereas older computers may have 'A'.

For best stability and performance, we recommend using the included USB cable & adapter if you need it. It should be possible to use

a longer cable, but your mileage may vary depending on the quality of the cable, as cables with lower-quality conductors tend to drop
more voltage.

Registering Your SSL 18

Registering your SSL USB Audio interface will grant you access to an array of exclusive software from us and other industry-leading



software companies - we call this incredible bundle the 'SSL Production Pack'.

http:/www.solidstatelogic.com/get-started

To register your product, head to www.solidstatelogic.com/get-started and follow the on-screen instructions. During the registration
process, you'll need to input the serial number of your unit. This can be found on the label on the base of your unit as displayed below.

XXX-XXKXKK-XKXXXXKXXXXX

SERIAL NUMBER

Please note: the serial number begins with the letters 'S18’

Once you have completed registration, all of your software content will be available in your logged-in user area. You can return to this
area at any time by logging back into your SSL account at www.solidstatelogic.com/login should you wish to download the software
another time.

Quick-Start

Driver Installation

1. Connect your SSL USB audio interface to your computer using the included USB cable.

0
&S
-

Included USB Cable CtoA
USB Adapter

2. (Windows) Download and install the SSL 18 USB ASIO/WDM Driver for your SSL 18.

3 SSL USB Audio Driver v5.68.6 Setup - X

(— Welcome to the SSL USB Audio Driver



https://solidstatelogic.com/sslproductionpack
https://solidstatelogic.com/sslproductionpack
https://solidstatelogic.com/sslproductionpack
https://www.solidstatelogic.com/get-started
https://www.solidstatelogic.com/get-started
https://www.solidstatelogic.com/get-started
https://www.solidstatelogic.com/login
https://www.solidstatelogic.com/login
https://www.solidstatelogic.com/login
https://support.solidstatelogic.com/hc/en-gb/articles/5349706035229-SSL-USB-Audio-ASIO-WDM-Windows-Driver-Downloads
https://support.solidstatelogic.com/hc/en-gb/articles/5349706035229-SSL-USB-Audio-ASIO-WDM-Windows-Driver-Downloads
https://support.solidstatelogic.com/hc/en-gb/articles/5349706035229-SSL-USB-Audio-ASIO-WDM-Windows-Driver-Downloads

v5.68.6 Setup Wizard

The Setup Wizard will update SSL USB Audio Driver v5.68.6
on your computer,

Click Next to continue or Cancel to exit the Setup Wizard.

Solid State Logic

L

Next Cancel

SSL USB Control Panel (Windows Only)

If you're working on Windows and have installed the USB Audio Driver required to make the unit operational, you will have noticed that
as part of the installation the SSL USB Control Panel will be installed onto your computer.

This Control Panel will report details such as what Sample Rate and Buffer Size your SSL 18 is running at. Please note that both
Sample Rate and Buffer size will be taken control of by your DAW when it is opened.

The SSL USB Control also allows access to Clock source settings, optional between the internal clock, ADAT (Optical 1) or S/PDIF
(Coaxial), also assignable within the 360 Mixer Page.

The Control Panel is also where you can assign your SSL 18 to an ASIO Device; allowing multiple ASIO applications working with
multiple SSL USB devices to be used on a single system or in a multi client environment.

F sSL USB Control Panel X
Status Format Sample Rate Clock Source
ASIO Device Buffer Settings Info About

ASIO 1: SSL ASIO Driver 1 v

ASIO 1: SSL ASIO Driver 1

ASIO 2: SSL ASIO Driver 2
ASIO 3: SSL ASIO Driver 3
ASIO 4: SSL ASIO Driver 4

Device Info

Please refer to this article for a detailed explanation of linking your interface to one of the 4 ASIO driver slots to SSL 18.

Safe Mode

One aspect you can control from the SSL USB Control Panel is the tickbox for Safe Mode on the 'Buffer Settings' tab. Safe mode
defaults to ticked but can be unticked. Unticking Safe Mode will reduce the overall Output Latency of the device, which may be useful if
you are looking to achieve the lowest possible roundtrip latency in your recording. However, unticking this may cause unexpected
audio clicks/pops if your system is under strain.

Status Format Sample Rate Clock Source
ASIO Device Buffer Settings Info About

ASIO 1: SSL ASIO Driver 1

Prefered ASIO Buffer Size
2048 samples ‘ Safe Mode

ASIO Status
Cument Sample Rate: 96000 Hz
Input Latency: 2192 samples (22.83 ms)
Output Latency: 2544 samples (26.50 ms)

ASIO not active


https://support.solidstatelogic.com/hc/en-gb/articles/14088986760477-SSL-USB-ASIO-WDM-Windows-Driver-Setup-Instructions#01GRBFF7RE0P4ZCB6R41DZ7QZ2
https://support.solidstatelogic.com/hc/en-gb/articles/14088986760477-SSL-USB-ASIO-WDM-Windows-Driver-Setup-Instructions#01GRBFF7RE0P4ZCB6R41DZ7QZ2
https://support.solidstatelogic.com/hc/en-gb/articles/14088986760477-SSL-USB-ASIO-WDM-Windows-Driver-Setup-Instructions#01GRBFF7RE0P4ZCB6R41DZ7QZ2

2. (Mac) Simply go to ‘System Preferences’ then ‘Sound’ and select 'SSL 18’ as the input and output device (drivers are not required

for operation on Mac).
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Downloading SSL 360° Software

Sound

Output & Input
Output

Name

SSL 18

MacBook Pro Speakers

Pro Tools Audio Bridge 16
Pro Tools Audio Bridge 2-A
Pro Tools Audio Bridge 2-B
Pro Tools Audio Bridge 32
Pro Tools Audio Bridge 64
Pro Tools Audio Bridge 6
Splashtop Remote Sound
Pro Tools Aggregate I/O
VB-Cable

[LG] webOS TV OLED65AT6LA

Applicatio
spatial

USsB
Built-in
Virtual
Virtual
Virtual
Virtual
Virtual
Virtual
Virtual

Aggregate device

Virtual
AirPlay

may be able to access head pose information when playing

For full control of SSL 18 and its Low-Latency Mixer, you'll need to install SSL 360°. SSL 360° is the brain behind your SSL 18 Mixer
and controls all internal routing and monitoring configuration. Once you have connected your SSL 18 hardware to your computer as
described on the previous page, please download SSL 360° from the SSL website.

SSL18MIXER

PROFILE
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Download SSL 360 from SSL Download Manager application or directly from here.

Installing SSL 360° Software

SSL 360° Setup - X

Welcome to the SSL 360° Setup
Wizard

This wizard will guide you through the installation of SSL
360°.

Itis recommended that you dlose all other applications
before starting Setup. This will make it possible to update
relevant system files without having to reboot your
computer.

Click Install to start the installation.

Solid State Logic

OXFORD » ENGLAND

1. Locate the downloaded SSL 360°.exe on your computer.
2. Double-click to run the SSL 360°.exe.
3. Proceed with the installation, following the on-screen instructions.

g

[ ] @ Install SSL 360° (=]

Welcome to the SSL 360° Installer

You will be guided through the steps necessary to install this

@ Introduction
software.

Continue

1. Locate the downloaded SSL 360°.dmg on your computer.

2. Double-click to open the .dmg

3. Double-click to run the SSL 360°.pkg

4. Proceed with the installation, following the on-screen instructions.

Selecting SSL 18 As Your DAW's Audio Device

If you have followed the Quick-Start / Installation section then you are ready to open up your favourite DAW and start creating. You can
of course use any DAW that supports Core Audio on Mac or ASIO/WDM on Windows.

No matter which DAW you are using, you need to ensure that SSL 18 is selected as your audio device in the audio preferences/
playback settings. Below is an example in Pro Tools. If you are unsure, please refer to your DAW's User Guide to see where these
options can be found.


https://support.solidstatelogic.com/hc/en-gb/articles/4408123894417-SSL-360-Downloads-and-Release-Notes
https://support.solidstatelogic.com/hc/en-gb/articles/4408123894417-SSL-360-Downloads-and-Release-Notes
https://support.solidstatelogic.com/hc/en-gb/articles/4408123894417-SSL-360-Downloads-and-Release-Notes

Device

Playback Engine:

Settings

H/W Buffer Size: 128 Samples
Video Engine: Enable

Optimizations ?

Ignore Errors During Playback/Record for:

May cause clicks and pops
«/ Main Playback Engine
+/ Minimize Additional I/O Latency
v Aux /O
«/ Dynamic Plug-in Processing
Plug-ins only use CPU resources when processing audio
Optimize Performance at Low Buffer Sizes
Certain plug-ins may cause brief system hangs

Limit Number of Real-Time Threads

Reduces contention with non-Pro Tools processes

Disk Playback
Cache Size: Normal

Lower values reduce memory usage. Higher values improve disk
performance.

Pro Tools Example

Open up Pro Tools and go to the 'Setup' menu and choose 'Playback Engine...". Make sure that SSL 18 is selected as the 'Playback
Engine' and that 'Default Output' is Output 1-2 because these are the outputs that will be connected to your monitors.

Note: On Windows, ensure that 'Playback Engine' is set to 'SSL 18 ASIO' for the best possible performance.

SSL 18 Front Panel Controls

Input Channels

MIC/LINE/INST

1. INPUTS 1 & 2

The pair of combo XLR/Jack inputs accepts Mic level (XLR), Line-Level (TRS) or Instrument signals (TS). Mic/Line switching can be
done from the front panel or via the SSL 18 Mixer software in SSL 360°. Instrument input can only be switched to via the SSL 18 Mixer
software. When working with Channels 1 & 2, when switched to Instrument Input, LINE will switch to Yellow to indicate it operating in
Instrument Mode, fed from the front XLR/Jack inputs 1-2.

Instrument level mode allows Guitars & Basses to be recorded without the need for an external D.|.

Inputs 3-8 + Talkback are found on the rear panel.



2. CHANNEL SELECT

Allows you to select an analogue input channel (1-8). Once selected, you can toggle various functions (+48V, MIC/LINE, HIGH PASS
FILTER, POLARITY INVERT & 4K MODE) of the selected channel on/off using the buttons in the centre of the panel.

3. GAIN

This control adjusts the pre-amp gain applied to your microphone, line-level or instrument signal. Adjust this control so that your source
is lighting all 3 green LEDs most of the time whilst you are singing/playing your instrument. This will give you a healthy recording level
into the computer.

4. +48V

This switch enables/disables phantom power for the selected channel. When engaging/disengaging +48V, the LED blinks a couple of
times and the audio is temporarily muted to avoid any unwanted audio clicks/pops. Phantom power is required when using Condenser
microphones or certain active Ribbon mics. Dynamic or Passive Ribbon microphones do not require phantom power to operate, and in
some cases can cause damage to the microphone. If in doubt, make sure +48V is off before plugging in any microphone and
consulting the user manual from the manufacturer to ensure correct operation.

Note: The function of the +48V button cannot be changed in SSL 360°.
5. LINE

This switch toggles the input of the selected channel between Mic and Line. Line-level sources (such as keyboards and synth
modules) must be connected to the jack part of the socket. The LINE input bypasses the pre-amp section, making it ideal to connect
the output of an external preamp to if you so wish. When operating in LINE mode, the GAIN control provides up to 17.5 dB of clean
gain as opposed to up to 67 dB when in MIC mode.

6. HIGH-PASS FILTER

This switch toggles the High Pass Filter of the selected channel on/off. This is ideal for removing unwanted low-end frequencies from
an input signal and cleaning up unnecessary rumble. The filter is set at 75Hz with a 18dB/octave slope.

7. LEGACY 4K - ANALOGUE ENHANCEMENT

Toggles 4K analogue enhancement processing on/off for the selected channel, allowing you to add some extra analogue 'magic' to
your inputs when you need it. It injects a combination of high-frequency EQ-boost, together with some finely tuned harmonic distortion
to help enhance sounds. We have found it to be particularly pleasant on sources such as vocals and acoustic guitar. This
enhancement effect is created completely in the analogue domain and is inspired by the kind of extra character the legendary SSL
4000-series console (often referred to as '4K') could add to a recording. The 4K was renowned for many things, including a distinctive
‘forward', yet musical-sounding EQ, as well as its ability to impart a certain analogue 'mojo'. You will find that most sources become
more exciting when the 4K switch is engaged!

Note: the LINE, HIGH-PASS FILTER & 4K buttons can be re-assigned using 360°. e.g. You could change any of these to toggle the
POLARITY INVERT function for the selected channel.

8. LED METERING

8x5 LED columns show the input or output level of analogue inputs 1-8. If set to input, It is good practice to aim for the '-20' mark (the
third green meter point) when recording. Occasionally going into '-10' is fine. If your signal is hitting '0' (top red LED), that means it is
clipping, so you'll need to lower the GAIN control or output from your instrument. Scale markings are in dBFS.

Dedicated output meters for Left and Right (outputs 1-2) are located on the right-hand side.

Beneath the output meters, the LED Panel also displays information regarding the current operating sample rate, with 44.1 & 48 kHz
rates followed by a x2 that will highlight in conjunction with 44.1 to denote 88.2kHz & 48 & 2x for 96kHz, and a 4x for 172.4 & 192kHz.

There is also a clock source information with DIGI for external clocking via ADAT or S/PDIF & the USB light for Internal clocking, and
then below there is IN & OUT to display if the meters are showing input or Output signal, controllable via the SSL 18 360° Mixer page.

PANEL METERS

OouUT

Monitor Controls
9. MONITOR LEVEL (Blue Control)

The monitor level directly affects the level sent out of OUTPUTS 1 (Left) and 2 (Right) to your monitors. Turn the knob to make the



volume louder. Please note the monitor level goes to 11 because it's one louder...

Note that if ALT SPK mode is engaged, Monitors connected to OUTPUTS 3 & 4 will also be controlled via the Monitor Level Control.
10. CUT

This button mutes the Monitor Output Signal.

11. ALT

Switches the Monitor Bus to an alternative set of monitor speakers that you have connected to OUTPUTS 3&4. To do this ALT SPK
ENABLE must be active in SSL 360°.

11. TALK

This button engages the on-board Talkback mic input. The signal can be routed to any combination of Headphones A, Headphones B
and Line 3-4 (providing Line 3-4 is not being used as ALT monitors) in the SSL 18 Mixer page of SSL 360°.

Please Note: Interface buttons annotated as 10, 11 & 12 in the description are also user-assignable using SSL 360° but they come
defaulted to the silkscreened functions (CUT, ALT, TALK) on the front panel. To re-assign, go to SSL 360° and right-click on these
buttons in the GUI - a list of assignable functions will appear.

12. HEADPHONE OUTPUTS

HP A & B allow for two sets of headphones to be connected, both of which can be configured to allow independent mixes for artist and
engineer. By default, both will follow the monitor control mix (so you can listen to music/your DAW straight-away). To make them
independent mixes (fed from HP A and HP B busses), disable the "Follow Mix 1-2" button in SSL 360°.

The master output levels are set by the HP A and HP B controls on the front panel.

SSL 360° allows you to configure the output power of HP A and HP B to best suit different headphone impedances. See the SSL 360°
SSL 18 Mixer section for more information.

14. POWER

The power button toggles power on/off to the unit.

SSL 18 Rear Panel Controls

ADAT | S/PDIF INSRTN INPUTS - XLR: MIC | TRS: INE

1. POWER

IEC Power Inlet.

2. WORD CLOCK OuT

Wordclock Out 75 Ohm BNC Connection.

3.UsB

USB 'C' Type Connector - connect SSL 18 to your computer using the included USB cable.
4. MIDI IN & OUT

The MIDI (TS Mini-Jack 'Type A' standard) IN & OUT allow the SSL 18 to be used as a MIDI interface. MIDI IN will receive MIDI
signals from keyboards or controllers & MIDI OUT allows MIDI information to be sent out to trigger Synths, Drum machines or any
MiIDI-controllable equipment you have available.



Note: 'Type B' MIDI Jacks will not work. 'Type A' must be used.
5. COAXIAL S/PDIF I/O

A S/PDIF digital audio input and output are provided on coaxial connections and can operate at all sample rates up to and including
192 kHz.

6. OPTICAL ADAT | S/PDIF I/0

4 optical ports allow for up to 16 channels of additional digital audio inputs and outputs via ADAT at 44.1/48 kHz or 8 channels at
88.2/96 kHz.

Optical IN 2 and OUT 2 can be configured for S/PDIF 1/O if your S/PDIF equipment only has optical connections and no coaxial input.

Switching S/PDIF connections between Coaxial & Optical connections can be made in the 360° mixer page, under the settings tab. A
power cycle is required to apply the changes.

— S/PDIF INTERFACE

Coax Power cycle SSL 18 to apply

Optical

7.INSRTN1 &2

The jack sockets labelled 'INS RTN 1 & 2' are insert return paths for analogue inputs 1 & 2. Next to these are outputs labelled 9/1 SND
& 10/2 SND.

By default, these act as standard outputs 9 and 10 from SSL 18. However, in the SSL 360° SSL 18 Mixer Settings menu, you can re-
purpose the outputs to be used as inserts sends that are moved from the outputs, to be placed in the record path of analogue inputs 1
& 2. Once this is configured, you will see INSERT buttons in the SSL 18 Mixer page that you can engaged/disengage. This feature
allows you to track with external processing in the input path - like recording 'to tape' with analogue processing on inputs 1 and 2.
When Channels 1 & 2 are arranged in Stereo, INSERTS 1 & 2 can be used as a stereo pair for sources such as Master Bus
Processing or on Stereo sources like Drum Overheads or Keyboards.

In the Mixer page, the Insert button, available ONLY on channels 1 & 2, are seen here in the Fader Tray.

Analogue 1 Analogue 2 Analogue 1-2

The Insert button will be greyed out until the INSERTS are configured in the settings menu and 'Use Line Output 9/10 as Insert Send
1/2 are both selected.

— INSERTS
[w] Use Line Output 9 as Insert Send 1

E Use Line Output 10 as Insert Send 2

The Insert Buttons will now be available to select, illuminating yellow when active.

Analogue 1 Analogue 2 Analogue 1-2
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ANALOGUE OUTBOARD PROCESSING

SSL 18 AUDIO INTERFACE

sasno | 7 5 3 1

O[S0 0 O O] 2 2\ A\ A &\ A L
5|[6l6 60 6 OOOOOOO

PDIF ouTPUTS INPUTS - XLR: MIC | TRS: LINE

The diagram above shows the routing connections for the INSERTS on the back of the Interface.
8.10 x BALANCED OUTPUTS 1/4" TRS Jack Output Sockets

Outputs 1 & 2 are primarily to be used for your main monitors and the physical volume is controlled by the Monitor Knob on the front of
the Interface. Outputs 3 & 4 can be set up as a secondary ALT pair of monitors (switchable to be controlled by the Monitor Knob when
the ALT button is engaged).

Output Pairs 1&2 and 3&4 can be switched between +24 dBu and +9 dBu via SSL 360°.
Outputs 3-10 are fixed at professional +24 dBu output operating levels.

All Outputs (including headphone outputs) are also DC-coupled and able to send +/-5v signal to allow CV control to Semi & Modular
Synths, Eurorack and CV-enabled outboard FX. Please Note: More information is available in the CV Control via Ableton® Live CV
Tools section in this User Guide.

A few things to be aware of when using the DC-coupled outputs:

When using output 1-2 for CV output, remember the Monitor Control Knob is still affecting the signal. Some experimentation on finding
the best level for your connected CV controlled synth/FX unit may be required.

Meters in the 360° Mixer are DC-coupled hence you can still expect them to work and show a DC signal.

9. T/B INPUT

Combo XLR /1/4" Jack Input Sockets. Mic level (XLR) and Line-Level input (TRS).

A dedicate talkback input with Listen Mic Compressor (LMC). The LMC is engaged/disengaged via SSL 360°.

The Talkback input has a built-in preamp with 3 fixed gain settings to choose from via the SSL18 SSL 360° Mixer: 30/40/50 dB.
+48V can be engaged if your talkback microphone requires it.

Uniquely, the talkback input can be switched to LINE input mode (TRS jack connection), which is helpful if you want to use an external
talkback mic preamp or this can also be used for re-processing in sterile stems to processed for that classic smashed compression
effect.

10. INPUTS 3-8



Combo XLR /1/4" Jack Input Sockets.
The 6 rear combo jacks accept Mic-level inputs (on XLR) and Line-level inputs (on TRS).

The pair of combo XLR/Jack inputs accepts Mic level (XLR) or Line-Level (TRS). Mic/Line switching can be done from the front panel
or via the SSL 18 Mixer software in SSL 360°.

SSL 360°

Overview & Home Page

SSL 18 is configured via the SSL 18 page in SSL 360°. SSL 360° is a cross-platform Mac and Windows application that also manages
other SSL 360°-enabled products.

SSL 360°

Solid State Logic
&, SSL

?

Click to Update Firmware

SSL18
S18-ENG002

©
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Sleep Settings  About The SSL Website @ SSL Support SSL Instagram f SSL Facebook Export Report  v1.8.10.61386

The Home Screen

1. Menu Toolbar

This toolbar allows you to navigate through the various pages of SSL 360°.
2. SSL 18 Mixer

This tab opens the SSL 18 Interface Mixer; allowing for routing, input channel & playback management, monitor controls & settings for
the SSL 18 interface within your system. More information on the SSL 18 360° Mixer is detailed in the next chapter.

3. Connected Units

This area shows if you have SSL 360° hardware (SSL 18, SSL 12, UF8, UF1 & UC1) connected to your computer, along with its serial
number. Please allow 10-15 seconds for units to be discovered once they are plugged in.

4. Firmware Updates Area

If a firmware update becomes available for your SSL 18 unit, then an Update Firmware button will appear below each unit. Click on the
button to start the firmware update process, being sure to not disconnect the power or USB cable whilst it is in progress.

5. Sleep Settings (applies only to UF8, UF1 and UC1, not SSL 18)

Clicking this will open a pop-up window that allows you to determine the length of time before your connected 360° control surfaces go
into Sleep mode.

6. About



Clicking this will open a pop-up window detailing software licensing relating to SSL 360°.
7. SSL Website

Clicking this link will take you directly to the Solid State Logic website.

8. SSL Support

Clicking this link will take you directly to the Solid State Logic Support website.

9. SSL Socials

The bar at the bottom has quick links to the SSL Socials to keep up to date on the latest news, product tutorials & updates on SSL
users.

10. Export Report

Should you encounter any issues with your SSL 18 or SSL 360° software, you may be asked by a support agent to use the EXPORT
REPORT feature. This feature generates a text file containing the essential information about your computer system and SSL 18,
alongside technical log files relating to SSL 360° activity, which may help to diagnose any issues. When you click EXPORT REPORT,
you'll be asked to choose a destination on your computer to export the generated .zip file to, which you can then forward onto a
support agent.

11. Software Version Number & Update Software Button

This area displays the version number of SSL 360° that is running on your computer. When software updates become available, the
Update Software button (pictured above) will appear. Click this to download and update your software. Clicking on the 'i' symbol will
take you to the Release Notes information on the SSL website for the version of SSL 360° you have installed.

SSL 18 Mixer Page

° SSL 360°

HPBBUS LINE3-4BUS  MONITORBUS
L L

SSL1BMIXER

S/PDIFL Headphone A Headphone B

The SSL 18 Low-Latency Mixer, powered by SSL 360°, allows you to take full control of your sessions:

« Comprehensive management of all inputs and outputs onto the SSL 18 low-latency mixer

« Create and manage the control room monitor mix

¢ Create 4 custom monitor mixes with ease — HP A (stereo), HP B (stereo), LINE 3-4 (stereo or dual mono)

¢ Flexible Mirror Routing system to route any input or aux master directly to an output — perfect for feeding personal monitoring
systems, external metering and outboard FX


https://www.solidstatelogic.com/
https://www.solidstatelogic.com/
https://www.solidstatelogic.com/
https://support.solidstatelogic.com/
https://support.solidstatelogic.com/
https://support.solidstatelogic.com/

« Customise the monitoring section front panel buttons to suit your workflow
Defaults are CUT monitoring, ALT monitor switching and TALKBACK on/off
» Save/Load SSL 18 Mixer profiles for various workflows — e.g. create tracking templates, mixing templates etc

VIEW

Within the mixer, use the VIEW buttons on the right-hand side to hide/show different input channel types (Analogue Inputs, Digital
Inputs, Playback Returns) and the Aux Masters.

ANALOGUE INPUTS

Analogue 1 Analogue 2 Analogue 3 Analogue 4 Analogue 5-6 Analogue 7-8

@ an




1. Meters

The meters indicate the incoming signal level to the channel. A red segment at the top of the meter indicates clipping. Click on the
meter to clear the clip indication.

The +48V, LINE, HIGH-PASS FILTER,POLARITY INVERT & 4K functions can be controlled from either the hardware or SSL 18
software mixer.

The INST function (available on Channels 1 & 2) engages the Hi-Z input for recording instruments such as bass guitar. This is
controlled only in the software mixer.

2. Headphone Sends
This is where you can create independent mixes for HP A, HP B and LINE 3-4 Outputs.

¢ The Green Knob controls the set level for each Aux Bus (HP A, HP B & LINE 3-4).

 MUTE button mutes the send and illuminates red when activated.

¢ The Pan control allows you to determine the pan position for that send. The PAN button must be engaged for the pan to have
effect.

« If PAN is not engaged, then the send follows the main Monitor bus Pan control in the fader section.

Tips: Shift + Mouse Click sets a send to 0 dB.
Alt + Mouse Click (Mac) or Option+Click (Windows) sets a send to Off.
3. LINE 3-4 Sends

Similar to the headphone sends, the LINE 3-4 sends allow the signal to be routed to Outputs 3-4. When the output channel is stereo
linked, a single set of controls for Pan, Level and Mute are presented.

When the output channel is split into dual-mono, independent level controls appear, one for Output 3 and one for Output 4. To split into
dual-mono, the link button at the bottom of the LINE 3-4 aux master must be disengaged.

DUAL STEREO
MONO LINKED

Line 3-4

UNES4 gy

4. Scribble Strips



These are the text boxes on each channel identifying its input/output type and number order as default. These text boxes are editable,
allowing each channel in the 360° mixer to be renamed by the user.

To re-name the Scribble Strip on the channel, simply double-click on the text box and type your preferred name.
5. Pan

The Pan control determines the position of the signal in the Monitor Bus stereo image.

6. Fader Tray Section

The Fader tray section of the mixer allows control of the signal going out to the Monitor Bus & consists of the following parameters.

¢ Pan as previously described.

e SOLO button, soloing the channel in the Monitor Bus. This illuminates yellow when activated.

e CUT button cuts the signal. All post fader sends, the monitor bus and mirror routes are affected. Only pre-fader and record sends
to the DAW are unaffected. llluminates red when activated.

« INSERT button allows the insertion of analogue outboard equipment into the record path for inputs 1 and 2. To do this, Outputs 9
and 10 must be re-configured as insert sends via the SSL 18 settings menu. If the INSERT button is greyed out, this has not
been configured.

« MON button routes the signal onto the Monitor Bus (Outputs 1-2).

¢ Fader control the level, with a range from +12dB to -Infinite dB being sent to the Monitor Bus.

Tip: Shift + Mouse Click sets the fader to 0 dB. Alt + Mouse Click also sets the fader to 0 dB.
7. Stereo Link

Clicking on either 'O', two odd-even paired channels can be stereo linked and will convert to a single fader stereo channel. When
activated this 'O' will change to a green linked symbol as shown below:

Analogue 1-2

| STEREO
" LINKED

- UNLINKED

Note: These controls affect only the playback of the signal via the Monitor Bus, and won't affect the signals recorded into your DAW.
8. Mirror Out
Mirror out routes allow you to route any physical input, aux master bus or monitor bus, directly to a physical output.

Clicking in the MIRROR OUT dropdown box at the bottom of the channel causes a pop-out list to appear. From this list you can
choose the physical output you would like to route that particular input to.

The mirror routing system can be very useful for the following tasks:

« Configuring SSL 18 as a straight-forward analogue to digital converter
e.g. You could route each analogue input to an ADAT output if using SSL 18 as a 'mic pre expander'.
¢ Feeding a personal monitor system



¢ Feeding external hardware metering units
e Feeding external hardware FX processors such as reverbs

Any output you configure as a mirror output will trump that particular output from the DAW. e.g. If you are using ADAT output 1 in a
mirror route, any signal you attempt to route out of ADAT output 1 in the DAW will not work until you remove ADAT output 1 from use
as a mirror route - select 'No Route' to remove your mirror route.

For analogue and digital input channels, at 44.1/48 kHz, you can configure each mirror route to be pre or post fader. At 88.2 kHz and
above, all mirror routes are pre fader.

Mirror out routes made from aux or monitor busses are always post fader.

POST
LINE 3
LINE 4
LINE 5
LINE 6
LINE7
LINE 8
LINE 9
LINE 10
ADAT 1
ADAT 2
ADAT 3
ADAT 4
ADAT 5
ADAT 6
ADAT 7
ADAT 8
ADAT 9
ADAT 10
ADAT 11
ADAT 12
ADAT 13
ADAT 14
ADAT 15
ADAT 16
SPDIF L
SPDIFR
No Route

Please note - each output configured as a mirror route can only be used once. You cannot route multiple inputs to the same mirror
output.

Analogue 1

9. MIX ROUTES OFF

Engaging the MIX ROUTE OFF button will prevent the signal from a particular channel from entering the SSL 18 Mixer altogether, and
therefore prevent it being routed to the monitor or aux busses.

For Input channels - the signal will still be sent into the DAW regardless of MIX ROUTES OFF being engaged.

For Playback Return channels 1-2 & 3-4 - enabling MIX ROUTES OFF will prevent any audio sent from the DAW or audio playback
software on 'Outs 1-2' and 'Outs 3-4' from reaching physical Outputs 1-2 and 3-4. This is because playback streams 1-2 and 3-4
always pass through the SSL 18 Mixer at their final stage before reaching the physical outputs.

For Playback Return channels 7-8 & 9-10 - enabling MIX ROUTES OFF will prevent audio sent from the DAW or audio playback



software from entering the SSL 18 Mixer, but audio form 'Outs 7-8' and 'Outs 9-10' will still be sent out of the physical Outputs 7-8 and
9-10. This is desirable if using these outputs for hardware inserts.

An example of when it is useful to use MIX ROUTES OFF: You want to use Analogue Inputs and Outputs 7-8 to connect some
analogue outboard equipment and use this as hardware inserts in your DAW. You would activate MIX ROUTES OFF for both Playback
Returns 7-8 and Analogue Inputs 7-8. This would ensure your signals to and from the piece of outboard are only fed directly, with no
possibility of forgetting to disengage the MON button on Inputs 7-8 (which would cause a doubling of the signal) or accidentally
sending the return (input) signals to other places with the SSL 18 Mixer aux sends.

MIXROUTES KTE

TALKBACK

SSL 18 features a built in Talkback Input Channel in the 360° SSL 18 Mixer, allowing communication directly to the Headphone mixes
and a feed into the DAW for creative recording/mixing purposes.




1. Meters

The meters indicate the incoming signal level to the channel. A red segment at the top of the meter indicates clipping. Click on the
meter to clear the clip indication. The circular meters indicate the amount of compression being applied by the LMC.

2. Headphone Sends
This is where you can route talkback directly for HP A, HP B and Line 3-4 Outputs.

* The Green Knob controls the set level for each Mix Bus (HP A, HP B & LINE OUT 3-4)
¢« MUTE button mutes the send and illuminates red when activated.
« The Pan control allows you to determine the pan position for that send. The PAN button must first be engaged.

Tips: Shift + Mouse Click sets a send to 0 dB.
Alt + Mouse Click (Mac) or Option+Click (Windows) sets a send to Off.
3. LINE 3-4 Sends

Similar to the headphone sends, the LINE 3-4 sends allow the Talkback signal to be routed to Outputs 3-4. When the output channel is
stereo linked, a single set of controls for Pan, Level and Mute are controllable.

When the output channel is split into dual-mono, independent level controls appear, one for Output 3 and one for Output 4
4.Scribble Strips

These are the text box is again editable, allowing the Talkback Channel to be renamed by the user.

To re-name the Scribble Strip on the channel, simply double-click on the text box and type your preferred name.

5. FADER

The red capped fader sets the master output level of the TALKBACK signal. The fader ranges from +12 dB & -Inf dB.

6. TALKBACK ENGAGE BUTTON

When illuminated green, the built-in TALKBACK mic will send the signal to the routed aux buss(es) (HP A, HP B & LINE 3-4). This can
also be controlled by physically engaging the TALK button on the SSL 18 Interface (if assigned), or via the SSL 360° TALK software
button itself.

If '9-10 INPUT SOURCE!'is set to 'Talkback', the talkback input is always sent to the DAW, regardless of whether the TALK button is

engaged.




Loopback

S/PDIF

Talkback

When TALK is engaged, the monitors will automatically dim to the level set in the Monitoring section as shown below.

MONITORING

7. GAIN, +48V & LINE

This allows +48V Phantom Power to be switched in to power the Talkback Mic, or switch to LINE Input for a pre-amplified Talkback Mic
signal. 3 fixed Mic Gain settings are available - 30/40/50 dB.

8. LMC

The Listen Mic Compressor can be engaged on the Talkback Input Signal. This classic analogue compressor circuit was originally
used in the SL 4000 B console for communication purposes, to help hear what the musicians in the live room had to say before/after
recording takes. In use on the talkback input, it can be helpful to ensure the producer sat on the sofa at the back of the room can be
heard when the engineer is talking back to the artist who's recording. However, the 'heavily compressed' sound also works great for
creative uses e.g. connect a microphone set up in the live room as a 'smashed drum kit' room microphone, or, switch the talkback
input to LINE mode (TRS jack input), and re-process sterile DAW stems through the LMC circuit.

DIGITAL INPUTS

Up to 16 channels of ADAT Inputs and Outputs can be addressed by SSL 18, with the ADAT inputs showing up in the SSL 18 Mixer. 2
channels of S/PDIF I/O are also available, with the S/PDIF inputs also shown on their own input channel in the SSL 18 Mixer.

The Digital Inputs provide no gain controls. Gains should be set on the external device.

Routing to the Monitor Bus, HP A, HP B & LINE 3-4 is identical to the workflow of the Analogue Input Channels.
ADAT 1/O at 44.1/48 kHz - 16 channels via the optical ports.

ADAT /O at 88.2/96 kHz - 8 channels via the optical ports.

S/PDIF 1/O at 44.1/48/88.2/96 kHz - 2 channels via optical port 2.

S/PDIF 1/O at all sample rates - 2 channels via coaxial connections.

To use S/PDIF on Optical, you must select 'optical' in the SSL 18 settings menu.

— S/PDIF INTERFACE

Optical Power cycle SSL 18 to apply

Coax

PLAYBACK RETURNS

The 4x Stereo Playback Return channels allow separate stereo signals to be sent out of your DAW or other programs with assignable
audio outputs, into the SSL 18 Mixer as inputs.

Please note DAW Outputs 5-6 do not enter the SSL 18 Mixer, but can still be used as hardware outputs for external processing chains,
routing to them directly from your DAW or software program.



At the top of the channel next to the meters, the 'DIR' (Direct To Bus) button allows each stereo Playback Return to bypass the main
section of SSL 18 Mixer's Routing Matrix and instead the signal is sent directly to the corresponding Aux/Bus Master.

DIRE
TOBUS
LINE 3-4

In the above diagram, Playback 9-10 is highlighted in Blue to distinguish the difference between engaged & disengaged Direct
Buttons.

1. DIRECT TO BUS: MON L-R (Playback Returns 1-2)
Engaging the DIR button will send DAW Mon L/R outputs directly to the SSL 18 Monitor Bus (OUT 1-2), bypassing the Routing Matrix.

Enabling MIX ROUTES OFF will prevent any audio sent from the DAW or audio playback software on 'Outs 1-2' from reaching
physical Outputs 1-2. This is because playback stream 1-2 always passes through the SSL 18 Mixer at the final stage before reaching
the physical outputs.

2. DIRECT TO BUS: LINE 3-4 (Playback Returns 3-4)

Engaging the DIR button will send DAW 3-4 outputs directly to the SSL 18 Line 3-4 Aux Master (OUT 3-4), bypassing the Routing
Matrix.

Enabling MIX ROUTES OFF will prevent any audio sent from the DAW or audio playback software on 'Outs 3-4' from reaching
physical Outputs 3-4. This is because playback stream 3-4 always passes through the SSL 18 Mixer at the final stage before reaching



the physical outputs.
3. DIRECT TO BUS: HP A (Playback Returns 7-8)

Engaging the DIR button will send DAW 7-8 outputs directly to the SSL 18 Headphone A Aux Master (OUT 7-8), bypassing the
Routing Matrix.

Enabling MIX ROUTES OFF will prevent audio sent from the DAW on Outputs 7-8 from entering the SSL 18 Mixer. Physical outputs
7-8 will be unaffected and still receive signal sent from the DAW on Outputs 7-8. This is desirable if using these outputs for hardware
inserts.

4. DIRECT TO BUS: HP B (Playback Returns 9-10)

On Playback 9-10, engaging the DIR button will send DAW 7-8 outputs directly to the SSL 18 Headphone B Aux Master (OUT 9-10),
bypassing the Routing Matrix.

Enabling MIX ROUTES OFF will prevent audio sent from the DAW on Outputs 9-10 from entering the SSL 18 Mixer. Physical outputs
9-10 will be unaffected and still receive signal sent from the DAW on Outputs 9-10. This is desirable if using these outputs for
hardware inserts.

5. MIX ROUTES OFF

When MIX ROUTES is set to OFF, the Input signal is removed from the SSL18 Mixer and will be greyed out and no signal will route to
the HP A, HPB, LINE 3&4 or Monitor Outputs 1-2. This does not affect the DAW Input signal. This is useful when the Input signal is
also routed to the DAW output signal feeding the Headphones or Monitor Bus, therefore efficiently removing the doubling of signals
without altering the Aux routing for quick A/Bing of takes.

6. ROUTING MATRIX

When the DIRECT Button is disengaged, the signals can be routed to the HP A, HP B & LINE 3-4 bus from the SSL 18 Mixer. As with
the Input Channels, sends to the aux busses are controlled via the HP A, HP B & LINE 3-4 Send Level Knobs, with Pan, and muting
button also accessible.

7. SCRIBBLE STRIP

This text box identifies the Playback Return Channel and is named as displayed by default. The text box is editable, allowing it to be



renamed by the user.
8. FADER TRAY SECTION

The fader controls the level sent to the Monitor Bus for each Playback Return Channel (providing DIRECT is disengaged and MIX
ROUTES OFF is not engaged), as well as providing SOLO, CUT & PAN functionality. MON button routes the signal onto the Monitor
Bus (Outputs 1-2).

These Outputs can also be set to Mono or Stereo Linked, as indicated by the green infinity symbol when operating in stereo mode, or
split out for individual level or CV output in Mono Mode, as show in the diagram below:

Playback 7-8 Playback 9 Playback 10

A, @
/ \

Below is a visual illustration of DIRECT MODE. For simplicity, the illustration shows all Playback Returns with DIRECT Enabled (left-
hand side) and all Playback Returns with DIRECT Disabled (right-hand side). Of course, you have the ability to toggle the DIRECT
mode on/off for each Stereo Playback Return Channel.

DIRECT MODE ENABLED (ALL CHANNELS) DIRECT MODE OFF (ALL CHANNELS)
DAW OUTPUTS SSL 18 AUX BUSSES SSL 18 OUTS DAW OUTPUTS SSL 18 PLAYBACK RETURNS SSL 18 ROUTING MATRIX SSL 18 OUTS
MONL/R Monitor Bus 1-2 (Master Out) * Output 1-2
0ouT3-4 > Line 3-4 Aux Master * Output 3-4 MONL/R * Playback Returns 1-2 * Output 1-2
0ouT7-8 > Headphone A Aux Master d HPA 0ouT 34 * Playback Returns 3-4 *  Output 3-4
OUT 9-10 - Headphone B Aux Master > HPB OuUT7-8 > Playback Returns 7-8 HPA
OuUT9-10 d Playback Returns 9-10 HPB

DAW OUTPUTS DAW OUTPUTS




AUX Masters
The Aux Masters section of the Mixer View consists of Headphones A, Headphones B & Line Out 3-4 Aux Master Outputs.

Headphone Outputs

Each Headphone Output consists of a large Signal Metering section with a resolution from 0dB down to -60dB.

Headphone A Headphone B Line3-4

Below are details of the Fader section with the following parameters:

Headphone A Headphone B

FOL

ADAT 1-2

1. SENDS POST
When selected, send levels to the aux busses from the channels will be Post Fader level.
2. FOLLOW MIX 1-2

Over-rides the aux master so that it follows the Monitor Bus mix, providing an easy way to send what you are listening to on the
Monitor Bus (through your monitor speakers) to the Headphones.



3. AFL

Short for ‘After Fade Listen' allows the user to monitor the Aux Mix on the Main Outputs; ideal for quickly listening to the Artist's
headphone mix.

4. CUT

Mutes the signal output of the HP Aux channel

5. MONO

Switches the output to Mono, summing both L&R signals together.

6. FADER

Sets the master level for the HP Bus. Remember this is pre-physical gain control on the SSL 18 front panel.
7. MIRROR OUT

Allows you to route an aux master bus output directly to a physical output.

Clicking in the MIRROR OUT dropdown box at the bottom of the channel causes a pop-out list to appear. From this list you can
choose the physical output you would like to route to.

The mirror routing system on the aux masters can be very useful for the following tasks such as

¢ Feeding external hardware metering units
¢ Feeding external hardware FX processors such as reverbs

Any output you configure as a mirror output will trump that particular output from the DAW. e.g. If you are using ADAT outputs 1-2in a
mirror route, any signal you attempt to route out of ADAT outputs 1-2 in the DAW will not work until you remove ADAT output 1-2 from
use as a mirror route - select 'No Route' to remove your mirror route.

Mirror out routes made from aux or monitor busses are always post fader.

Line Output 3-4 Master

The Line 3-4 aux master has all the same parameter controls as the Headphones aux masters, but with the addition of the Channel
link/unlink button at the very bottom of the fader section.

STEREO
LINKED

When linked, the button glows green and represents Stereo Operation




Unlinked

. When unlinked, this will configure Line 3 & 4 as independent mono busses.

Left: Sends when Line 3-4 is linked , Right: Sends when Line 3-4 are unlinked.

When unlinked all input channels in the SSL 18 mixer will change their Line 3&4 sends to individual levels & mutes. If already set as a
send to 3&4, the levels already set will be maintained in Mono between each channel.

Within the SSL 18 360° Mixer, the signal sent to each Headphone Mix can be derived from any Input Channel or Playback Return or
can mirror the main output mix by implementing the 'Follow Mix 1-2' button on the HP Channel in the Mixer.

MASTER OUT

This is the MONITOR BUS feeding your monitors via OUTPUTS 1-2 (OUTPUTS 3-4 if ALT speaker is enabled).

The MASTER FADER level will control the output volume signal, pre the physical Monitor Level Control on the SSL 18 Interface.

MIRROR OUT

Allows you to route the monitor bus output directly to a physical output of your choice.

Clicking in the MIRROR OUT dropdown box at the bottom of the channel causes a pop-out list to appear. From this list you can
choose the physical output you would like to route to.

The mirror routing system on the monitor bus can be very useful for the following tasks such as

¢ Feeding external hardware metering units
« Duplicating the main mix feed to send to a separate monitoring/recording system.

Any output you configure as a mirror output will trump that particular output from the DAW. e.g. If you are using ADAT outputs 1-2 in a
mirror route, any signal you attempt to route out of ADAT outputs 1-2 in the DAW will not work until you remove ADAT output 1-2 from
use as a mirror route - select 'No Route' to remove your mirror route.

Mirror out routes made from aux or monitor busses are always post fader.

MONITORING



This section of the Mixer pertains to the control of your SSL 18's range of comprehensive monitoring features.

1. DIM

The DIM button will engage a level attenuation set by the DIM LEVEL control (7)

2.CUT

Cuts the output to the monitors.

3. MONO

This will sum the Left & Right channel signals of the Master Out together and provide a MONO output signal to the Main Outputs.
4. POLARITY INVERT

This will invert the left side signal, allowing assessment of the phase relationship between the left & right signal.

5. ALT SPEAKER ENABLE

This function allows you to connect a second set of monitors to Line Outputs 3-4. When ALT SPK is enabled, the MONITOR LEVEL
will also affect the output signal level to Outputs 3&4 when ALT is engaged.

6. ALT
With ALT SPK ENABLE (5) engaged, engaging the ALT button will transfer the MASTER BUS signal to Outputs 3&4.
7. DIM LEVEL

The DIM LEVEL control adjusts the level of attenuation provided when the DIM (1) button is engaged. This allows up to -60dB of
attenuation when fully tuned counter-clockwise.

8. ALT SPEAKER TRIM

The ALT SPKR TRIM knob allows gain adjustment to offset the output level sent to the ALT monitors connected to Outputs 3&4. This
allows the levels to be adjusted between the Main Monitors and Alt Monitors so the Monitor Control level doesn't need to be changed
when A/Bing between two different sets of speakers for a more accurate comparison.

SETTINGS ¥

In the bottom-Left next of the SSL 18 Mixer or above the Monitoring Section on the right, you can access the Settings panel, which
contains configuration options for the SSL 18.

SETTINGS

— HPAOUTPUT ——————— — METERS PEAKHOLD

(® Headphones Mode




—HPBOUTPUT —MmX — FRONT PANEL BUTTONS
(® Headphones Mode

LINE | LINE
Standard HPE | HPF

4K 4K

— INSERTS —Mm — OUTPUT OPERATING LEVEL
+9dBu Main Output 1-2

+9dBu Line Output 3-4

— S/PDIFINTERFACE ——— — MONO SUM COMPENSATION

Coax Power cycle SSL 18 to apply -3.0dB Applied to mono busses

HEADPHONE A & B OUTPUTS MODES

The HP outputs can operate in one of 2 modes:

¢ Headphones Mode
e Line Output Mode
Headphones Mode Options
When operating in Headphones Mode, you can choose between 3 different options:

« Standard - The default setting and is suitable for a wide range of headphones.

« High Sensitivity - This is most applicable for use with certain In-Ear Monitors (IEMs) or headphones that have especially high
sensitivity (expressed in dB/mW). Typically, headphones that specify their performance at 100 dB/mW or higher.

+ High Impedance - This setting is ideal for High Impedance headphones which require greater voltage drive to produce the
expected output level. Typically, headphones with an impedance of 250 Ohms or greater will benefit from this setting.

— HP AOUTPUT
@ Headphones Mode

Standard

Standard

High Sensitivity
High Impedance
@ Headphones Mode

Standard

Beware: Always make sure BEFORE you switch your headphone output to High Impedance, to turn the front panel level control down
to avoid accidentally overloading your headphones if you are unsure of what sensitivity they are.

Line Output Mode Options:

HP A and HP B can be switched into Line Output Mode. This allows you to use them as mono line outputs, instead of headphone
outputs. If the FOLLOW MIX 1-2 button is not engaged, remember that HP A is fed from DAW Outputs 7-8 and HP B is fed from DAW
Outputs 9-10.

By default they are balanced but you can make them unbalanced by click the Unbalanced box.

INSERTS

— INSERTS

E| Use Line Output 9 as Insert Send 1

E| Use Line Output 10 as Insert Send 2

'Use Line Output 9 as Insert Send 1' - repurposes the physical output labelled '9/1 SND' from it's normal operation (Output 9) and
moves it to the input stage of Analogue Input 1, for use as an insert send. Used in conjunction with the INS RTN 1 physical input, this



allow you to insert analogue hardware into the record path for input 1, great for tracking with and committing analogue compression 'to
tape'.

'Use Line Output 10 as Insert Send 2' - repurposes the physical output labelled '10/2 SND' from it's normal operation (Output 10) and
moves it to the input stage of Analogue Input 2, for use as an insert send. Used in conjunction with the INS RTN 2 physical input, this
allow you to insert analogue hardware into the record path for input 2, great for tracking with and committing analogue compression 'to
tape'.
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SSL 18 AUDIO INTERFACE
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INPUTS - XLR: MIC | TRS: LINE

Please note if Analogue Inputs 1-2 are stereo linked, both options will be toggled together upon your mouse click.

When enabled, an INSERT button will become available on Analogue channels 1/2 in the SSL 18 Mixer as highlighted in blue below:

Analogue 1 Analogue 2 Analogue 1-2

Tip: Alternatively, INSERT RTN 1 & 2 inputs can be used as way of injecting a line-level signal directly into the A/D.

S/PIDIF INTERFACE

— S/PDIFINTERFACE —————

Coax Power cycle SSL 18 to apply
Optical

The drop down menu will allow you to select the S/PDIF Interface input between Optical & Coax connection available on the rear of
the SSL 18. Power cycle the SSL 18 to apply any changes.

If choosing 'Optical', optical IN and OUT ports '2' should be connected to your S/PDIF device.
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S/PDIF ADAT | S/PDIF

METERS PEAK HOLD

Determines how long the peak hold segment of the SSL 18 Soft Mixer meters hold for.
¢ No Peak Hold
¢ Hold for 3 Seconds

e Hold Until Cleared

FRONT PANNEL BUTTONS

SSL 18 features customisable options for the channel functions for three buttons labelled LINE, HPF & 4K on the front panel.

LINE

Ve

4K

In the Settings menu, each button can be reassigned to an alternative function, choosing between LINE, HPF, 4K & POLARITY
INVERT, as depicted in the image below:
— FRONT PANELBUTTONS ————
LINE | LINE
HPF | HPF

4K 4K
LINE
— OUTPU| HPF

socpu [
7/

+9dBu

OUTPUT OPERATING LEVEL

— OUTPUT OPERATING LEVEL

+9dBu Main Output 1-2

+9dBu Line Output 3-4

+24dBu 1 COMPENSATION ——

The operating level for Main Outputs 1-2 and Line Outputs 3-4 can be switched between +9dBu & +24dBu for correct gain staging for
different monitor operating levels or outboard effects processors.

Outputs 3-10 are fixed at +24 dBu professional operating level, perfect for integrating professional studio outboard equipment.

MONO SUM COMPENSATION




Determines the compensation level for Mono summed busses, adjustable between -3.0dB & -6.0dB

I/O MODE

You can put SSL 12 into /O Mode by engaging the tickbox in the upper-left corner of the SSL 18 Mixer.

SSL 18 MIXER

[=] 1/0 Mode

1/0 Mode bypasses the SSL 18 Mixer's routing matrix and fixes the routing as shown in the table below.

Note that you still have the ability to choose the Input Source for Inputs 9-10 (choosing between Loopback, S/PDIF or Talkback).

You can also freely choose which output pair Headphones A and B are fed from by clicking on the desired circle.

I/0 MODE Mixer currently disabled

INPUTS

Analogue 1-2
Analogue 3-4
Analogue 5-6
Analogue 7-8
ADAT 1-2
ADAT 3-4
ADAT 5-6
ADAT 7-8
ADAT 9-10
ADAT 11-12
ADAT 13-14
ADAT 15-16

vV V V V V V V V V V V V Vv

1/0 Mode can be used for different purposes:

DAW In 1-2
DAW In 3-4
DAW In 5-6
DAW In 7-8
DAW In 9-10
DAW In 11-12
DAW In 13-14
DAW In 15-16
DAW In 17-18
DAW In 19-20
DAW In 21-22
DAW In 23-24
DAW In 25-26

OUTPUTS

Playback 1-2
Playback 3-4
Playback 5-6
Playback 7-8
Playback 9-10
Playback 11-12
Playback 13-14
Playback 15-16
Playback 17-18
Playback 19-20
Playback 21-22
Playback 23-24
Playback 25-26
Playback 27-28

vV V V V V V V V V V V V V VvV

PHONES

Line Outs 1-2
Line Outs 3-4
Line Outs 5-6
Line Outs 7-8
Line Outs 9-10
ADAT 1-2
ADAT 3-4
ADAT 5-6
ADAT 7-8
ADAT 9-10
ADAT 11-12
ADAT 13-14
ADAT 15-16
S/PDIF L-R

« To simplify the operation of the unit when you do not need the full flexibility that the SSL 18 Mixer offers.

o |t allows SSL 18's outputs to operate at 176.4 or 192 kHz, instead of downsampling them.

« When I/O Mode is not engaged (SSL 18 Mixer is active) and you are operating at sample rates of 176.4 or 192 kHz, SSL 18's
outputs are automatically downsampled to 88.2 or 96 kHz in order to preserve the full mixing capability of the mixer. Other audio
interfaces typically limit mixer capability in the same scenario. So if you want end-to-end 176.4 or 192 kHz performance, then I/O

Mode is a useful option.

PROFILE

— PROFILE —

The user can Save and Load customised profiles for the SSL 18 Mixer. To Save a Profile, simply press SAVE AS and name your new
Profile, which will be saved in the SSL 18 folder for easy recall.

To load an existing profile, press the LOAD button, which will then open a window to all the saved profiles, and can be selected by

pressing 'Open'.

The default storage location for both Mac & Windows OS's is shown below, although they can be saved & stored from any location.



¢ Mac — Mac HD\Users\%userprofile%\Documents\SSL\SSL360\SSL18
¢ Windows — %userprofile% \Documents\SSL\SSL360\SSL18

Click the DEFAULT button, to return the SSL 18 Mixer to its factory-shipped, default state.

USER Buttons
By default, the User buttons are assigned to match the printing on the SSL 18 Interface front panel - CUT, ALT & TALK.

A right-mouse click on a button presents a menu whereby you can change the assignment of these buttons. You can choose between
DIM, CUT, MONO SUM, ALT, INVERT PHASE LEFT, TALKBACK ON/OFF, METER SOURCE & 360° SSL18 GUI

MONO SUM

ALT
INVERT PHASE LEFT
TALKBACK INTROL
METER SOURCE
360° SSL18 GUI 48000

CONTROL
The Control section displays key information in setting up your Interface ready for working within your DAW.
CONTROL

48000

Monitor Bus

Loopback

1. SAMPLE RATE

The drop-down menu allows the user to select the internal Sample Rate that the SSL 18 Interface will operate at. The selection allows
for 44.1 kHz, 48 kHz, 88.2 kHz, 96 kHz, 176.4 kHz & 192 kHz. Note, that when any DAW is opened, SSL 18 will follow the DAW's
sample rate setting. Alternatively, the sample rate can be set from AudioMIDI setup on Mac or the SSL USB control panel application
on Windows.

2. CLOCK
The Clock source menu allows you to determine your preferred clock source: INTERNAL, ADAT or S/PDIF.

When choosing to clock from an external ADAT or S/PDIF device, you cannot change the sample rate from the SAMPLE RATE box.
You must change the sample rate on the external device.

3. LOOPBACK SOURCE

This option allows you to record USB audio back into your DAW, great for streaming and content creation. This can be particularly
useful for recording audio from software applications such as Youtube.

Monitor Bus

None




EVER

Playback 3-4
Playback 5-6
Playback 7-8
Playback 9-10

Line 3-4
HPA
HPB

To set this up, first ensure 9-10 INPUT SOURCE is set to 'Loopback'

Then, select the LOOPBACK SOURCE channel you wish to record from the drop-down menu (for example Playback 1-2 to record the
output of a media player), then in your DAW, select the input channel as Input 9-10 as shown below and record the audio as you
would with any other input channel. Be sure to mute the recording channel in your DAW to avoid creating a feedback loop!

no input
search...

* interface )

Analogue 1-2 (Stereo)
bus )

Analogue 3-4 (Stereo)
Analogue 5-6 (Stereo)
Analogue 7-8 (Stereo)
Input 9-10 (Stereo)
ADAT 1-2 (Stereo)
ADAT 3-4 (Stereo)
Q Q ADAT 5-6 (Stereo)
ADAT 7-8 (Stereo)
ADAT 9-10 (Stereo)

1 L ADAT 11-12 (Stereo)

o= oy ADAT 13-14 (Stereo)
ADAT 15-16 (Stereo)

nogroup Y

4100 | 100 »

0

9-10 INPUT SOURCE

Loopback Y

S/PDIF
Talkback

This option allows you to select the Input source for DAW inputs 9-10 between Loopback, S/PDIF & Talkback.

This can be set up for creative purposes such as using the Talkback Listen Mic Compressor for creative recording uses such as Drum
Room Mics.

Contextual Help

CONTEXTUAL HELP

Activates contextual help.

The Contextual Help, once activated by clicking the ? button (as shown above) adds a text bar to the tooltip with a brief explanation of

the parameter's function. The below image demonstrates this with an explanation text box when hovering the mouse over the SENDS
POST on the HP B Channel.

SENDS POST

Configures all HPB sends to be
post fader instead of pre fader.

Solo Clear

The Solo Clear button allows you to quickly clear any active solo's (or AFLs) in the SSL 18 Mixer. When any channels have been put



into SOLO or AFL, the Solo Clear button will illuminate yellow.

SSL 18 DC-Coupled Outputs

All Outputs on the SSL 18 are DC-coupled (1-10 and Headphone A and Headphone B) and able to send +/-5v signal to allow CV
control to Semi & Modular Synths, Eurorack and CV-enabled outboard FX.

What is CV?

CV is an abbreviation of "Control Voltage"; an analogue method of controlling synthesizers, drum machines and other similar

equipment.

What are CV Tools?

CV Tools is a free pack of CV-enabled instruments, synchronisation tools, and modulation utilities that enable users to seamlessly

integrate Ableton Live with various devices in the Eurorack format or Modular Synthesisers & Analog effects units.

Setting Up Ableton Live CV Tools

@ Ext.AudioEf... < B
Audio To Gain
3

Peak -Inf
0.00dB

Audio From Gain
4
Peak -93.4

Phase
Invert

0.00 dB
Dry/Wet

Hardware Latency
0.00 NN 100 %

* Open your Ableton Live session

@ cCV Utility

Amount

)

)

Ell__Mep ]

0%

o First set up a new Audio Track that you'll use to send out the CV Signal.

¢ Then insert onto the Audio track a CV Utilities Plug-In from the packs menu.
¢ Once the CV Utility Plug-In is Open, set the CV To your designated Output. In this example we've set this to Output 4 from the

SSL 18.

« Set up a second Audio track with the input signal from the Effect/Instrument and record arm to monitor the input back into

Ableton Live.

¢ Now using the CV Value knob on the CV Control channel, you can automate the CV signal sent out of Ableton to your External
Instrument/FX unit. This can then be mapped to a MIDI controller to control in realtime, or record the Automation into your

session.

« Now you can record the audio back into your Ableton Session, or other DAW you may be using to record your Audio back onto

your system.

* Please note that multiple CV Utility plugs can be set up when using the SSL 18 as EVERY PHYSICAL OUTPUTis able to send
DC signal for CV Control. Therefore you can use up to 8 CV control signals at any one time using CV Tools and an SSL 18

Requirements for CV Tools

e Live 10 Suite (version 10.1 or later)
e Live 10 Standard + Max for Live (version 10.1 or later)

¢ A DC-coupled audio interface (for CV hardware integration) such as the SSL 18
¢ Some understanding of Ableton Live Packs

* Some understanding of how to use CV-enabled hardware with Live

SSL 18 CV Tips

Smooth
0.00 %

(=D " |
CVTo
Ext. Out
4

Min Max
-100% 100 %

When using DC-coupled outputs there are a few things to keep in mind:

When using Outputs 1-10 for CV Control, if you are using mono jack cables (TS to TS) to connect to your CV-controlled

equipment, it is recommended to apply a -10 dB level trim (which can be done in the DAW). We've found that this results in a
more reliable calibration process with Ableton's CV Tools (achieving 1V/oct).

Alternatively, when using Outputs 1-10 for CV Control, you can use 'Insert cables' (TRS to 2 x TS jacks), with the TRS connected
to the SSL 18 output(s), and the Send jack cable plugged into the CV-controlled synth/FX unit. In this scenario a -10 dB level trim

may not be required.


https://www.ableton.com/en/packs/cv-tools/#?
https://www.ableton.com/en/packs/cv-tools/#?
https://www.ableton.com/en/packs/cv-tools/#?
https://www.ableton.com/en/packs/cv-tools/#?
https://help.ableton.com/hc/en-us/articles/115001930644
https://help.ableton.com/hc/en-us/articles/115001930644
https://help.ableton.com/hc/en-us/articles/115001930644
https://help.ableton.com/hc/en-us/articles/360005621939
https://help.ableton.com/hc/en-us/articles/360005621939
https://help.ableton.com/hc/en-us/articles/360005621939

When using Outputs 7-8 and 9-10 for CV Control (HP A and HP B), be careful to first unplug any attached headphones from the
front panel outputs.
= When using these outputs with for CV control, we found that using High Impedance Headphones Mode or Line
Output Mode with unbalanced ticked generally provided the most reliable results.
= Remember Headphone level knobs are still affecting the signal and some experimentation may be required to find the
optimal level required for your connected equipment.

Best Practices & Safety

 NEVER send CV directly to your speakers (direct voltage can cause damage to your speakers).

« The CV Instrument device is only capable of calibrating oscillators that use bipolar voltage (+/-5V) for 1v/oct. tuning. However,
some digital oscillator modules exclusively use unipolar signals (+5V or above) for tuning. As a result, CV Tools will be
incompatible with these modules. If you are unsure whether this applies to the modules in your system, please consult the user
manual for the device.

« Remember - Eurorack signals are up to 5x louder than line-level audio! Before connecting your modular system to a digital audio
interface, be sure to reduce the signal down to line-level using a dedicated output module.

Specifications

Unless specified otherwise, default test configuration:

Sample Rate: 48kHz, Bandwidth: 20 Hz to 20 kHz

Measurement device output impedance: 40 Q (20 Q unbalanced)
Measurement device input impedance: 200 kQ (100 kQ unbalanced)

Unless otherwise quoted all figures have a tolerance of +0.5dB or 5%

Microphone Inputs

THD+N (-8dBFS input level)

Max input level 15 dBu

Gain range 67 dB
Frequency Response 20 Hz - 20 kHz | +/-0.06 dB
Dynamic range (A-weighted) 120 dB typical

-100 dB/0.001%

EIN (A-weighted) 130.5 dBu
Input Impedance 1.2kQ
Line Inputs
Max input level 24.1 dBu
Gain range 26 dB
Frequency Response 20 Hz - 20 kHz | +/-0.05 dB
Dynamic range (A-weighted) 120 dB typical
THD+N (-8dBFS input level) -106 dB/0.0005%
Input Impedance 15 kQ
Instrument Inputs
Max input level (min gain, balanced) 15dBu
Gain range 67 dB
Frequency Response 20 Hz - 20 kHz +/-0.05 dB
Dynamic range (min gain, A-wt) 120 dB typical
THD+N (min gain, -8dBFS input level) | -100 dB /0.001%
Input Impedance 1 MQ




Talkback Input

Max input level (XLR) -10 dBu
Max input level (TRS) 24.5 dBu
Gain (XLR) 30, 40, 50
Frequency response (XLR) +/- 0.04 dB
Frequency response (TRS Line) +/- 0.03 dB

Dynamic range (min gain, A-weighted) 110dB

Dynamic range (TRS Line, A-weighted) | 112 dB

THD+N (XLR, -1dBFS input level) 0.007%
THD+N (TRS, -1dBFS input level) 0.001%
Input Impedance (XLR) 1.2kQ
Input Impedance (TRS Line) 19 kQ

Line Outputs (1-4)

Max Output Level (High level, Balanced) 24.1 dBu

Max Output Level (Low level, Balanced) 9 dBu

Frequency Response (both Output Levels) | +/-0.05 dB

Dynamic range (High level, A-weighted) 125dB

Dynamic range (Low level, A-weighted) 122dB
THD+N (-10dBFS output level) -104 dB/0.0006%
Output Impedance 150 Q

Line Outputs (5-10)

Max Output Level (High level, Balanced) 24.1 dBu

Frequency Response (both Output Levels) | +/-0.05 dB
Dynamic range (High level, A-weighted) 125dB

THD+N (-10dBFS output level) -104 dB/0.0006%

Output Impedance 150 Q

Insert Send Path

Frequency Response (both Output Levels) +/-0.05 dB
Noise Level (Analogue noise, 20Hz-20k, A-wt) | -96 dB

THD+N (at 20dBu) 0.0007%

Insert Return Path

Max Input Level (Balanced) 24 dBu

Frequency Response +/-0.05 dB
Dynamic range (A-weighted) | 120 dB

THD+N (at 20dBu) -0.0004%

Input Impedance 10 kQ

Headphones




Output Level 0dBu, 10dBu, 18dBu
Frequency Response +/-0.07 dB

Dynamic range (A-wt) | 120 dB

THD+N (at 20dBu) -100 dB/-0.001%

Output Impedance <1Q

Weights and Dimensions

Dimensions:

Width: 482.6 mm /19 inches

Height: 43.6 mm / 1.7 inches

Depth: including front panel controls and rear panel connectors: 294 mm / 11.6 inches
Depth: excluding front panel controls and rear panel connectors: 257.8 mm / 10.1 inches
Unboxed Weight

3.76 kg / 8.29 Ibs

Boxed Dimensions

Width: 630 mm / 24.8 inches

Height: 100 mm / 3.9 inches

Depth: 360 mm / 14.2 inches

Boxed Weight

5.78 kg /12.74 Ibs

Troubleshooting, FAQs, Important Safety Notices

Frequently Asked Questions and additional support contacts can be found on the Solid State Logic Support website.

General Safety

* Read these instructions.

Keep these instructions.
¢ Heed all warnings.

Follow all instructions.

¢ Do not use this apparatus near water.

Clean only with dry cloth.

Do not install near any heat sources such as radiators, heat registers, stoves or other apparatus (including amplifiers) that

produce heat.

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

Install in accordance with the manufacturer’s instructions.

Only use attachments/accessories recommended by the manufacturer.

Refer all servicing to qualified service personnel. Servicing is required when the apparatus has been damaged in any way,
such as liquid has been spilled or objects have fallen into the apparatus, the apparatus has been exposed to rain or moisture,
does not operate normally, or has been dropped.

« Do NOT modify this unit, alterations may affect performance, safety and/or international compliance standards.

Ensure that no strain is placed on any cables connected to this apparatus. Ensure that all such cables are not placed where
they can be stepped on, pulled or tripped over.
SSL does not accept liability for damage caused by maintenance, repair or modification by unauthorised personnel.

WARNING: To prevent possible hearing damage, do not listen at high volume levels for long periods. As a guide to setting the volume


https://support.solidstatelogic.com/
https://support.solidstatelogic.com/
https://support.solidstatelogic.com/

level, check that you can still hear your own voice, when speaking normally while listening with the headphones.

g

SSL 18 Audio Interfaces are CE compliant. Note that any cables supplied with SSL equipment may be fitted with ferrite rings at each
end. This is to comply with the current regulations and these ferrites should not be removed.

EU Compliance

Electromagnetic Compatibility

EN 55032:2015, Environment: Class B, EN 55103-2:2009, Environments: E1 - E4.Audio input and output ports are screened cable
ports and any connections to them should be made using braid-screened cable and metal connector shells in order to provide a low
impedance connection between the cable screen and the equipment.RoHS noticeSolid State Logic complies with and this product
conforms to European Union’s Directive 2011/65/EU on Restrictions of Hazardous Substances (RoHS) as well as the following
sections of California law which refer to RoHS, namely sections 25214.10, 25214.10.2, and 58012, Health and Safety Code; Section
42475.2, Public Resources Code.

Instructions for disposal of WEEE by users in the European Union

The symbol shown here, which is on the product or on its packaging, indicates that this product must not be disposed of with other
waste. Instead, it is the user’s responsibility to dispose of their waste equipment by handing it over to a designated collection point for
recycling of waste electrical and electronic equipment. The separate collection and recycling of your waste equipment at the time of
disposal will help to conserve natural resources and ensure that it is recycled in a manner that protects human health and the
environment. For more information about where you can drop off your waste equipment for recycling, please contact your local city
office, your household waste disposal service or where you purchased the product.

FCC Compliance

This device complies with part 15 of the FCC Rules. Operation is subject to the following two conditions: (1) This device may not cause
harmful interference, and (2) this device must accept any interference received, including interference that may cause undesired
operation.

For USA - to the user

Do not modify this unit! This product, when installed as indicated in the instructions contained in the installation manual, meets FCC
requirements.

Important: This product satisfies FCC regulations when high quality shielded cables are used to connect with other equipment.

Failure to use high quality shielded cables or to follow the installation instructions may cause magnetic interference with appliances
such as radios and televisions and will void your FCC authorisation to use this product in the USA.

Note: This equipment has been tested and found to comply with the limits for a Class B digital device, pursuant to part 15 of the FCC
Rules. These limits are designed to provide reasonable protection against harmful interference in a residential environment. This
equipment generates, uses and can radiate radio frequency energy and, if not installed and used in accordance with the instructions,
may cause harmful interference to radio communications. However, there is no guarantee that interference will not occur in a particular
installation. If this equipment does cause harmful interference to radio or television reception, which can be determined by turning the
equipment off and on, the user is encouraged to try to correct the interference by one or more of the following measures:

* Reorient or relocate the receiving antenna.

¢ Increase the separation between the equipment and receiver.

« Connect the equipment into an outlet on a circuit different from that to which the receiver is connected. « Consult the dealer or an
experienced radio/TV technician for help.



Industry Canada Compliance

This Class B digital apparatus complies with Canadian ICES-003. Cet appareil numérique de la classe B est conforme a la norme
NMB-003 du Canada.

Evaluation of apparatus based on altitude not exceeding 2000m. There may be some potential safety hazard if the apparatus is
operated at altitude exceeding 2000m.

Evaluation of apparatus based on temperate climate conditions only. There may be some potential safety hazard if the apparatus is
operated in tropical climate conditions.

Environmental

Temperature: Operating: +1 to 40°C Storage: -20 to 50°C



