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transferring audio data in and out of the computer. 
The size of the buffers determines how much delay 
you hear when monitoring live inputs through 
your audio software: larger buffers produce more 
delay; smaller buffers produce less.

Buffer size adjustment is made in the MOTU 
FireWire Audio Console, as shown in Figure 9-3 
via the Samples Per Buffer setting.

Figure 9-3: Lowering the ‘Samples Per Buffer’ setting in the MOTU
FireWire Audio Console Window reduces patch thru latency. But
doing so increases the processing load on your computer, so keep an
eye on the Performance Monitor window in AudioDesk your host
audio software.

2. CueMix™ DSP immediately 
patches the live mic signal directly 
to the main outs (or other output), 
completely bypassing the computer 
(dry, with no effects processing).

3. Mic signal is mixed with the 
main outs, and you can control 
the volume (relative to the rest 
of the mix) with the mic’s fader 
in CueMix Console.

Figure 9-2: This diagram shows the signal flow when using CueMix™ DSP no-latency monitoring. Notice that this method does not allow you
to process the live input with plug-ins in your audio software while it is being monitored. You can, however, add effects later — after recording
the live input as a disk track. CueMix™ DSP lets you hear what you are recording with no delay and no computer-based effects.

1. Live input (from mic, guitar, etc.) 
enters the MOTU interface.
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Lower latency versus higher CPU overhead
The buffer setting has a large impact on the 
following things:

■ Patch thru latency

■ The load on your computer’s CPU

■ Possible distortion at the smallest settings

■ How responsive the transport controls are in 
your audio software

The buffer setting presents you with a trade-off 
between the processing power of your computer 
and the delay of live audio as it is being patched 
through your software. If you reduce the size, you 
reduce patch thru latency, but significantly increase 
the overall processing load on your computer, 
leaving less CPU bandwidth for things like real-
time effects processing. On the other hand, if you 
increase the buffer size, you reduce the load on 
your computer, freeing up bandwidth for effects, 
mixing and other real-time operations.

If you are at a point in your recording project where 
you are not currently working with live, patched-
thru material (e.g. you’re not recording vocals), or 
if you have a way of externally processing inputs, 
choose a higher buffer size. Depending on your 
computer’s CPU speed, you might find that settings 
in the middle work best (256 to 1024).

Transport responsiveness
Buffer size also impacts how quickly your audio 
software will respond when you begin playback, 
although not by amounts that are very noticeable. 
Lowering the buffer size will make your software 
respond faster; raising the buffer size will make it a 
little bit slower, but barely enough to notice.

Effects processing and automated mixing
Reducing latency with the buffer size setting has 
another benefit: it lets you route live inputs through 
the real-time effects processing and mix 
automation of your audio software.

CUEMIX DSP HARDWARE MONITORING
The 828mkII has a more direct method of patching 
audio through the system. This method is called 
CueMix DSP. When enabled, CueMix activates 
hardware patch-thru in the 828mkII itself. CueMix 
DSP has two important benefits:

■ First, it completely eliminates the patch thru 
delay (reducing it to a small number of samples — 
about the same amount as one of today’s digital 
mixers).

■ Secondly, CueMix DSP imposes no strain on the 
computer.

The trade-off, however, is that CueMix DSP 
bypasses your host audio software. Instead, live 
audio inputs are patched directly through to 
outputs in the 828mkII itself and are mixed with 
disk tracks playing back from your audio software. 
This means that you cannot apply plug-ins, mix 
automation, or other real-time effects that your 
audio software provides. But for inputs that don’t 
need these types of features, CueMix DSP is the 
way to go.

On the other hand, if you really need to use the 
mixing and processing provided by your audio 
software, you should not use CueMix DSP. Instead, 
reduce latency with the buffer setting (as explained 
earlier in this chapter).

TWO METHODS FOR CONTROLLING 
CUEMIX DSP
There are two ways to control CueMix DSP:

■ With CueMix Console

■ From within your host audio software (if it 
supports direct hardware monitoring)

You can even use both methods simultaneously.
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Using CueMix Console
If your host audio software does not support direct 
hardware monitoring, you run CueMix Console 
side-by-side with your audio software and manage 
your monitor mix in CueMix Console.

CueMix Console allows you to create up to four 
separate 828mkII monitor mixes, or any other 
desired routing configurations. These routings are 
independent of your host audio software. For 
complete details, see chapter 10, “CueMix 
Console” (page 69).

Controlling CueMix DSP from your audio 
software
Some ASIO-compatible audio applications, such as 
Cubase and Nuendo, allow you to control CueMix 
DSP monitoring from within the application 
(without the need to use CueMix Console). In 
most cases, this support consists of patching an 
828mkII input directly to an output when you 
record-arm a track. Exactly how this is handled 
depends on the application.

CueMix DSP routings that are made via host 
applications are made “under the hood”, which 
means that you won’t see them in CueMix Console. 
However, CueMix DSP connections made inside 
your host audio software dovetail with any other 
mixes you’ve set up in CueMix Console. For 
example, if your host application routes audio to an 
output pair that is already being used in CueMix 
Console for an entirely separate mix bus, both 
audio streams will simply be merged to the output.

Follow the directions below in the section that 
applies to you.

Controlling CueMix DSP from within Cubase or 
Nuendo
To turn on CueMix in Cubase VST, enable the ASIO 
Direct Monitor check box in the Monitoring section 
of the Audio System Setup window (Figure 7-2 on 

page 49). In Cubase SX or Nuendo, enable the 
Direct Monitoring check box in the Device Setup 
VST Multitrack tab (Figure 7-2 on page 49).

Other ASIO 2.0-compatible host software
If your ASIO-compatible host audio software 
supports ASIO’s direct monitoring feature, consult 
your software documentation to learn how to 
enable this feature. Once enabled, it should work 
similarly as described for Cubase (as explained in 
the previous section).

Using CueMix DSP with WDM- or Wave-
compatible software
Run CueMix Console (chapter 10, “CueMix 
Console” (page 69)) and use it to route live inputs 
directly to outputs, control their volume and 
panning, etc. If necessary, you can save your 
CueMix Console setup with your project file.
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10 CueMix Console

OVERVIEW
CueMix Console provides access to the flexible 
on-board mixing features of the 828mkII. CueMix 
lets you route any combination of inputs to any 
stereo output pair. These mixes can be set up 
entirely independently of your host audio software. 
CueMix allows you to set up four completely 
independent mix configurations with the 828mkII. 
You can also save and load mix configurations.

CueMix Console can be used independently of 
host audio software, or together with it. CueMix 
mixing dovetails with the direct monitoring 
(hardware patch thru) features of your host audio 
software, allowing you to seemlessly mix in both 
environments.

Advantages of CueMix monitoring. . . . . . . . . . . . . . . . . . . 70

CueMix Console installation. . . . . . . . . . . . . . . . . . . . . . . . . . 70

Cuemix Console basic operation . . . . . . . . . . . . . . . . . . . . . 70

Working with a mix  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 70

Shortcuts. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 71

Copying & pasting (duplicating) entire mixes . . . . . . . . 71

Message center  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 71

Reference level and +6dB boost. . . . . . . . . . . . . . . . . . . . . . 71

Mix1 Return Includes Computer  . . . . . . . . . . . . . . . . . . . . . 72

Phones menu . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 72

Saving and loading presets  . . . . . . . . . . . . . . . . . . . . . . . . . . 72

Saving and loading presets to/from disk . . . . . . . . . . . . . 72

CueMix Console examples . . . . . . . . . . . . . . . . . . . . . . . . . . . 73

Figure 10-1: CueMix Console is a virtual mixer that gives you control over the 828mkII’s on-board mixing features.
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ADVANTAGES OF CUEMIX MONITORING
CueMix Console provides several major 
advantages over monitoring live inputs through 
your host audio software:

■ CueMix has no buffer latency. Thanks to the 
828mkII’s DSP chip, CueMix provides the same 
throughput performance as a digital mixer.

■ CueMix imposes absolutely no processor drain 
on the computer’s CPU.

■ CueMix routing can be maintained 
independently of individual software applications 
or projects.

■ CueMix routing can operate without the 
computer, allowing the 828mkII to operate as a 
portable, stand-alone mixer.

CueMix Console does not provide effects 
processing. For information about using your 
audio software’s native plug-ins together with 
CueMix, see chapter 9, “Reducing Monitoring 
Latency” (page 63).

CUEMIX CONSOLE INSTALLATION
CueMix Console is installed with the rest of your 
828mkII software.

CUEMIX CONSOLE BASIC OPERATION
The CueMix console is simple to operate, once you 
understand these basic concepts.

Four mixes
CueMix provides four separate mixes: Mix1, Mix2, 
Mix3 and Mix4. Each mix can have any number of 
inputs mixed down to any 828mkII output pair 
that you choose. For example, Mix1 could go to the 
headphones, Mix2 could go to the main outs, Mix3 
could go to a piece of outboard gear connected to 
analog outputs 7-8, etc.

Many inputs to one output pair
It might be useful to think of each mix as some 
number of inputs all mixed down to a stereo output 
pair. CueMix Console lets you choose which inputs 
to include in the mix, and it lets you specify the 
level and pan for each input being fed into the mix.

Viewing one mix at a time
CueMix Console displays one mix at a time. To 
select which mix you are viewing, click its tab at the 
bottom of the window, as shown in Figure 10-1. 
The mix name appears in the tab. Double-click the 
name to change it.

Each mix is completely independent
Each mix has its own settings. Settings in one mix 
will not affect another. For example, if an input is 
used in one mix, it will still be available in other 
mixes. In addition, inputs can have a different 
volume, pan, mute and solo setting in each mix.

Some channel settings apply across all mixes
The settings at the top of the CueMix Console 
window (above the channel section) apply to all 
mixes. These settings include the +4/-10dB 
reference level and the +6dB software boost.

Widening the CueMix Console window
To view more input faders at once, drag the right-
hand edge of the window to the right.

WORKING WITH A MIX
Each mix has the following components:

■ A stereo output with master fader

■ Name

■ Master mute (to enable/disable the entire mix)

■ Any number of mono or stereo inputs

■ Pan, volume, mute and solo for each input

These elements are visually grouped together in the 
lightly shaded area in the lower half of the CueMix 
Console window.
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Viewing a mix
To view a mix, click its tab at the bottom of the 
window, as shown in Figure 10-1. The mix name 
appears in the tab.

Naming a mix
Double-click the mix name in the tab.

Master mute
The master mute button (Figure 10-1) temporarily 
disables (silences) the mix.

Master fader
The master fader (Figure 10-1) controls the overall 
level of the mix (its volume on its stereo output). 
Use the individual input faders to the left to control 
individual input levels.

Output level meters
The OUT level meters show you the output for the 
mix’s physical output, which may include audio 
from your host audio software. The clip indicators 
clear themselves after a few seconds.

Input section
The channel strips to the left of the master fader 
represent each input in your 828mkII. Use the 
input scroll bar to view additional inputs.

Input mute/solo
To add an input to a mix, or remove it, click its 
MUTE button. To solo it, use its SOLO button. To 
toggle these buttons for a stereo pair, hold down 
the control key while clicking either channel. The 
Solo indicator LED (Figure 10-1) lights up when 
any input is soloed (including inputs that may 
currently be scrolled off-screen).

Input volume and pan
Use the input fader and pan knob (Figure 10-1) to 
adjust these settings for the input in the mix. Again, 
all settings within the gray-shaded channel strip 
area belong to the mix currently being viewed. 
Note that an input can have different settings in 
different mixes.

To adjust the volume or panning for a stereo input 
pair, hold down the control key while dragging the 
fader or knob for either the left or right input.

SHORTCUTS
Hold down the following modifier keys as 
shortcuts:

COPYING & PASTING (DUPLICATING) 
ENTIRE MIXES
To copy and paste the settings from one mix to 
another:

1 Select the source mix (Figure 10-1) and choose 
Copy from the file menu (or press control-C).

2 Choose the destination mix and choose Paste 
from the file menu (or press control-V).

MESSAGE CENTER
The Message Center displays fly-over help for items 
in the CueMix Console window. It also displays 
messages regarding the overall operation of the 
828mkII.

REFERENCE LEVEL AND +6DB BOOST
The reference level and +6dB boost settings at the 
very top of the CueMix Console window 
(Figure 10-1) affect each input globally, across all 
mixes and for audio being routed to the computer. 
For example, if you add 6dB of boost, your host 
software will receive the boost for that input as well.

Boost
This setting (Figure 10-1) adds 6 dB of gain to the 
input signal. This setting is applied globally for the 
input.

Shortcut Result

Shift key Applies your action to all inputs in the mix.

Control key Applies your action to the stereo input pair

space bar Applies your action to all busses

Double-click Returns the control to its default value (pan 
center, unity gain, etc.)
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+4/-10 reference level
Click the reference button to toggle between these 
two standard reference levels. This setting is 
applied globally for the input.

MIX1 RETURN INCLUDES COMPUTER
The Mix1 return includes computer item in the 
CueMix Console File menu refers to the Mix1 bus 
that the 828mkII driver provides as an input to host 
audio software. This input source delivers the 
output of CueMix DSP “MIX1” (the first mix bus of 
the four on-board no-latency monitor mixes in the 
828mkII) back to your computer. This input 
serves, for example, as a convenient way for you to 
record the 828mkII’s MIX1 monitor mix back into 
your host audio software (for reference and 
archiving purposes).

When the Mix1 return includes computer menu 
item is checked, any audio being sent from your 
audio software on the computer to the same output 
as Mix1 will be included in the Mix1 return bus. 
When it is uchecked, computer output is excluded. 

This menu item is essentially a pre/post switch for 
the computer audio insert to the stream of audio 
going to Mix1’s 828mkII output pair (and also back 
to the computer).

PHONES MENU
The Phones menu allows you to choose what you 
will hear on the headphone output, just like the 
Phones setting the MOTU FireWire Audio 
Console. However, this menu provides one extra 
option that is exclusive to CueMix Console: Follow 
Active Mix. This menu item, when checked, causes 
the headphone output to mirror the output of the 
current mix being viewed in CueMix Console. For 
example, if you are currently viewing Mix3 (the 
Mix3 tab is active), the headphones will mirror the 
Mix3 output (whatever it is assigned to).

SAVING AND LOADING PRESETS
As explained earlier in “Save/Name Preset” on 
page 43, the 828mkII can store up to 16 presets in 
its on-board memory. A preset includes of all 
CueMix DSP settings for all for mix busses, but it 
excludes global settings like clock source and 
sample rate.

The Load Preset and Save Preset commands in the 
CueMix Console file menu let you name, save and 
load presets in the 828mkII.

SAVING AND LOADING PRESETS TO/FROM 
DISK
The Save and Load commands in the CueMix 
Console File menu allow you to save 828mkII 
presets to and from your hard drive. This allows 
you to save an unlimited number of 828mkII 
presets on disk. (Use the Load Preset and Save 
Preset commands to get presets from — and save 
them to — the 828mkII itself.) Click the Save 
button to save the current configuration; click the 
Load button to open an existing configuration that 
you have previously saved on disk.
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CUEMIX CONSOLE EXAMPLES
Figure 10-2 below shows some examples of how 
you can use CueMix DSP:

■ Powered speakers are connected to the 828mkII 
main outs. Any input can be routed directly to the 
speakers.

■ Microphone input can be routed via CueMix 
DSP to the effects processor for live outboard 
processing during recording. The resulting signal 
can be recorded into the computer either wet, dry 
or both (via the effects processor return or the 
direct mic input).

■ The ADAT optical connection provides 8 
channels of 24-bit digital I/O to the digital mixer 
(or 4 channels at 96kHz). Any device connected to 
the 828mkII can be routed to/from the mixer with 
no latency. Conversely, any mixer channel can be 
routed to any device connected to the 828mkII 
with no latency.

■ Another example of ADAT optical connectivity 
is to use Giga Studio, and use CueMix DSP to route 
Giga inputs directly to the powered monitors 
connected to the 828mkII for no-latency 
monitoring of your Giga tracks.

Figure 10-2: An example setup of a system that takes full advantage of CueMix DSP. 
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11 MOTU SMPTE Console

OVERVIEW
The 828mkII can resolve to SMPTE time code, 
without a dedicated synchronizer. It can also serve 
as a SMPTE time code generator.

The MOTU SMPTE Console software provides a 
complete set of tools to resolve to SMPTE, and to 
generate SMPTE for striping, regenerating or 
slaving other devices to the computer.

The 828mkII provides a DSP-driven phase-lock 
engine with sophisticated filtering that provides 
fast lockup times and sub-frame accuracy.

Quarter-inch SMPTE jacks on the 828mkII rear 
panel provide dedicated time code (LTC) input and 
output.

Clock/Address . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 75

Frame Rate  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 76

Reader section. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 76

Generator section  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 77

CLOCK/ADDRESS
The Clock/Address menu provides the same global 
Clock Source setting as in the MOTU FireWire 
Audio Console (“Clock Source” on page 36), but it 
includes additional information: each setting 
shows both the clock and the address (time code or 
sample location), separated by a forward slash ( / ). 
For example, the word clock setting (Word Clock In 
/ Internal) shows the clock source (Word Clock In) 
followed by the address (Internal). Notice that only 
the SMPTE setting supports SMPTE time code as 
the reference for address. The digital clock sources 
do not support the 828mkII’s on-board SMPTE 
time code sync.

Resolving to SMPTE time code
To resolve the 828mkII to SMPTE time code, 
choose the SMPTE / SMPTE setting in the Clock/
Address menu. This means that the system will use 
SMPTE as the clock (time base) and SMPTE as the 
address. Be sure to specify the input that is 

Figure 11-1: SMPTE Console gives you access to your 828mkII’s on-board
SMPTE time code synchronization features.

The Reader section provides 
settings for resolving to video 

and/or SMPTE time code.

The Generator section 
provides settings for striping 

SMPTE time code.
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receiving the SMPTE time code by choosing it 
from SMPTE source menu. For further details on 
the hardware connections involved, see “Syncing 
to SMPTE time code” on page 27.

Resolving to video
To resolve the 828mkII to video, you need a 
synchronizer such as a MIDI Timepiece AV or a 
Digital Timepiece and feed word clock to the 
828mkII. In this scenario, choose SMPTE / Word 
Clock In clock/address setting. The 828mkII uses 
word clock for the time base and SMPTE for 
address. For details, see “Syncing to video and/or 
SMPTE time code using a synchronizer” on 
page 28.

FRAME RATE
This setting should be made to match the SMPTE 
time code frame rate of the time code that the 
system will be receiving. The 828mkII can auto-
detect and switch to the incoming frame rate, 
except that it cannot distinguish between 30 fps 
and 29.97 fps time code. So if you are working with 
either of these rates, make sure you choose the 
correct rate from this menu. 

READER SECTION
The Reader section (on the left-hand side of the 
window in Figure 11-1) provides settings for 
synchronizing the 828mkII to SMPTE time code.

Status lights
The four status lights (Tach, Clock, Address and 
Freewheel) give you feedback as follows.

Tach
The Tach light blinks once per second when the 
828mkII has successfully achieved lockup to 
SMPTE time code and SMPTE frame locations are 
being read.

Clock
The Clock light glows continuously when the 
828mkII has successfully achieved lockup to an 
external time base, such as SMPTE time code or 
word clock.

Address
The Address light glows continuously when the 
828mkII has successfully achieved lockup to 
SMPTE time code.

Freewheel
The Freewheel light illuminates when the 828mkII 
is freewheeling address (time code), clock or both. 
For details about Freewheeling, see “Freewheel 
Address” and “Freewheel clock” below.

Freewheel Address
Freewheeling occurs when there is a glitch or 
drop-out in the incoming time code for some 
reason. The 828mkII can freewheel past the drop-
out and then resume lockup again as soon as it 
receives readable time code. Choose the amount of 
time you would like the 828mkII to freewheel 
before it gives up and stops altogether.

The 828mkII cannot freewheel address without 
clock. Therefore, the Freewheel Address setting will 
always be lower than or equal to the Freewheel 
Clock setting, and both menus will update as 
needed, depending on what you choose.

Keep in mind that freewheeling causes the system 
to keep going for as long as the duration you choose 
from this menu, even when you stop time code 
intentionally. Therefore, if you are starting and 
stopping time code frequently (such as from the 
transports of a video deck), shorter freewheel 
times are better. On the other hand, if you are 
doing a one-pass transfer from tape that has bad 
time code, longer freewheel times will help you get 
past the problems in the time code.

!828 Manual/Win  Page 76  Tuesday, May 27, 2003  1:36 PM



 M O T U  S M P T E  C O N S O L E

77

The ‘Infinite’ freewheel setting
The Infinite freewheel setting in the Freewheel 
Address menu causes the 828mkII to freewheel 
indefinitely, until it receives readable time code 
again. To make it stop, click the Stop Freewheeling 
button.

Freewheel clock
Freewheeling occurs when there is glitch or 
drop-out in the incoming SMPTE time code for 
some reason. The 828mkII can freewheel past the 
drop-out and then resume lockup again as soon as 
it receives a stable, readable clock signal.

The 828mkII cannot freewheel address without 
clock. Therefore, the Freewheel Address setting will 
always be lower than or equal to the Freewheel 
Clock setting, and both menus will update as 
needed, depending on what you choose.

The ‘Infinite’ freewheel setting
The Infinite freewheel setting in the Freewheel 
Clock menu causes the 828mkII to freewheel 
indefinitely, until it receives readable time code 
again. To make it stop, click the Stop Freewheeling 
button.

Stop Freewheeling
The Stop Freewheeling button stops the system if it 
is currently freewheeling.

GENERATOR SECTION
The Generator section (on the right-hand side of 
the window in Figure 11-1) provides setting for 
generating SMPTE time code.

Tach light
The Tach light blinks once per second when the 
828mkII is generating SMPTE time code.

Stripe
Click this button to start or stop time code. To set 
the start time, click directly on the SMPTE time 
code display in the Generator section and type in 
the desired start time. Or drag vertically on the 
numbers.

Figure 11-2: Setting the time code start time.

Regenerate
This option, when enabled, causes the generator to 
generate time code whenever the 828mkII is 
receiving either SMPTE time code or ADAT Sync 
(via its ADAT Sync In port).

Click here to edit 
the start time, or 
drag vertically on 
the numbers.
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12 Performance Tips & Troubleshooting

Why does the start sound not play through the 
828mkII? 
The 828mkII will only playback audio at a 
sampling rate of 44.1, 48, 88.2 or 96 kHz.

The computer freezes when it starts up
If the computer is unable to boot up, it may be a 
conflict with the WDM Driver. As soon as the 
computer boots up, Windows will try and initialize 
the WDM Driver. If this fails, your computer will 
hang. To determine if the WDM Driver is the 
problem, boot up in Safe Mode or remove the 
MOTU Audio software with the Add/Remove 
Programs Control Panel then restart. Reinstall the 
828mkII software and choose only to install the 
MOTU FireWire ASIO driver, not the WDM 
Driver. Restart again.

‘New hardware detected’ window
If you connect your 828mkII before running the 
828mkII Software Installer CD, Windows will 
prompt you that new hardware has been detected. 
Cancel this, and run the 828mkII Software 
Installer, rather than allowing Windows to locate 
the drivers.

Audio in SONAR speeds up or slows down
This could be caused by having incorrect SMPTE/
MTC Sync settings when you record audio into 
Sonar. These settings are located in the Advanced 
Tab in the Audio Options window, accessed from 
Sonar’s Options menu. Make sure that you have the 
SMPTE/MTC Sync set to “Trigger and Freewheel” 
before recording audio while slaved to external 
time code.

828mkII inputs and outputs are not available in 
SONAR
Make sure that the inputs and/or outputs that you 
want to use are enabled in SONAR.

828mkII inputs and outputs are not available in 
Cubase
Make sure that the inputs and outputs are enabled 
in Cubase.

Sound Forge and ‘Smooth Scroll’
If the Smooth Scroll option under the Options 
menu is turned on, you may experience clicks and 
pops or other anomalies in the audio playback. 
This gets worse as you zoom in more to the 
waveform while playing. For the best quality 
playback, turn this option off.

No input from an ADAT
If you are having trouble recording on your ADAT 
from the 828mkII, check the Digital input setting. 
After power cycling, tape decks often come up 
configured to record from their analog inputs. You 
won't be able to record from the 828mkII to a tape 
deck until it is switched to digital input.

Clicks and pops under word clock sync
Many problems result from incorrect word 
clocking. It is essential that all digital devices in the 
system be word locked. Consult chapter 4, 
“Installing the 828mkII Hardware” (page 17) for 
detailed information on how to word clock your 
gear. Whenever there is any weird noise or 
distortion, suspect incorrect word lock.

Clicks and pops under ADAT Sync
Sometimes, the ADAT sync cable seems to be 
plugged into the 828mkII, and partially works - but 
it isn’t really all the way in. This can cause clicks 
when slaved to ADAT 9-pin. Make sure the cable is 
seated firmly.
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Clicks and pops due to hard drive problems
If you have checked your clock settings sync cable 
connections and you are still getting clicks and 
pops in your audio, you may have a drive related 
problem. Set the 828mkII Clock Source to Internal 
and try recording just using the analog inputs and 
outputs of the 828mkII. If you encounter the same 
artifacts you may want try using another drive in 
your computer. Clicks and pops can also occur 
when the drive is severely fragmented, the disk 
drivers are outdated, or if you are using a SCSI 
accelerator that is not optimally configured for 
working with audio.

Connecting or powering gear during operation
It is not recommended that you connect/
disconnect, or power on/off devices connected to 
the 828mkII while recording or playing back audio. 
Doing so may cause a brief glitch in the audio.

Monitoring - How to monitor inputs?
Please refer to the documentation for the audio 
application that you are using. If your application 
does not support input monitoring, you will need 
to use the 828mkII’s hardware-based CueMix DSP 
monitoring feature. Please see chapter 9, 
“Reducing Monitoring Latency” (page 63).

No optical inputs or outputs are available in host 
audio application
Check to make sure you have the desired optical 
inputs and/or outputs enabled in the MOTU 
FireWire Audio Console.

Controlling monitoring latency
See chapter 9, “Reducing Monitoring Latency” 
(page 63).

CUSTOMER SUPPORT
We are happy to provide customer support to our 
registered users. If you haven’t already done so, 
please take a moment to complete the registration 
card included with your 828mkII. When we receive 

your card, you’ll be placed on our mailing list for 
free software updates and information about new 
products.

REPLACING DISKS
If your 828mkII installer CD becomes damaged 
and fails to provide you with fresh, working copies 
of the program, our Customer Support 
Department will be glad to replace it. You can 
request a replacement disc by calling our business 
office at (617) 576-2760 and asking for the 
customer service department.

TECHNICAL SUPPORT
If you are unable, with your dealer’s help, to solve 
problems you encounter with the 828mkII system, 
you may contact our technical support department 
in one of the following ways:

■ Tech support hotline: (617) 576-3066 (Monday 
through Friday, 9 am to 6 pm EST)

■ Tech support 24-hour fax line: (617) 354-3068

■ Tech support email: techsupport@motu.com

■ Web site: www.motu.com

Please provide the following information to help us 
solve your problem as quickly as possible:

■ The serial number of the 828mkII system. This is 
printed on a sticker placed on the bottom of the 
828mkII rack unit. You must be able to supply this 
number to receive technical support.

■ Software version numbers for the audio software 
you are using, the MOTU FireWire Audio WDM 
Driver, MOTU FireWire ASIO driver, etc.

■ A brief explanation of the problem, including the 
exact sequence of actions which cause it, and the 
contents of any error messages which appear on the 
screen.
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+4/-10dB reference level 72
+6db 44
+6dB Boost 71
02R mixer 29

connecting 21
1394 connector 6, 11, 17
2408

software installation 15
2408mk3

Word Clock In setting 37
24-bit

3rd party software 61
optical 6, 10
recording 12

24i/o
Word Clock In setting 37

4/10 44
828mkII

expansion 32
installing 17
rear panel overview 9
summary of features 9

A
Aardvark Aard Sync 31
Activity LEDs 5, 12
ADAT

sync 27, 28
ADAT 9-pin 11, 37
ADAT lightpipe 29
ADAT optical 6, 10

clock source setting 37
connecting 18
syncing with 37

ADAT Sync 11
connector 6
sample-accurate 24, 25, 26
sync setting 37

All Notes Off 44
Analog activity lights 5, 12
Analog inputs/outputs 6

making connections to 18
ASIO 12, 15, 16, 47

ASIO 2.0 option 54
ASIO Control Panel button 35
Audio

bit resolution 36
AudioDesk

MOTU 828mkII settings 7
sync settings 25, 26

B
Balanced analog 18
Bias Peak 12
Boost 71
Buffer Size 38
Bus Mute 43
Bus Output 43

C
CakeWalk 12
Clock LEDs 5, 12
Clock Source 42

Clock source 7, 22, 36
Coax 10
Condenser mic input 5
Configure interface 32
Connecting multiple 828mkIIs 32
Control Panel (MOTU 828) 35
Control Strip module (828) 35
Controller

connecting 19
Converters 6
Copy bus mix 43
Cubase 12

enabling the 828 ASIO driver 59
synchronization 53
using a foot switch 55, 61

CueMix Console 66, 69
CueMix DSP 66
CueMix DSP Mixer 41
CueMix Plus

output jacks 6, 19
Customer service contact info 80
Customer support 80

D
DAT

connecting 20
Digital mixer

connecting 21
Digital Performer

828mkII settings 7
clock source 48, 58
Optical input/output 49, 59
sample rate 48, 58
sync settings 25, 26

Digital Timepiece 25
Disable interface option 33
Disable option 33
Disk

getting a replacement 80

E
Expansion 32

F
Factory Defaults 44
Fader View Time 42
Feedback loops 50, 60
FireWire 11

connecting 17
connector 6

Follow Active Mix 72
Foot pedal

connecting 19
Foot switch 11, 39

3rd party software 55, 61
configuring 7
connecting 19
jack 6

Forget button 33
Freewheel

address 76
clock 77
infinite 77

Front panel 41

G
Gain 44
GSIF Driver 15
GSIF driver 16
Guitar

connecting 20

H
HD192

Word Clock In setting 37
Headphone jack 5, 12
Headphones

connecting 20
controlling output 39

I
Infinite freewheel 77
Init Current Mix 43
Inputs

analog 6
optical 6
S/PDIF (RCA) 6

Installation
hardware 17
software 15

Internal (sync setting) 36

K
Keyboard controller

connecting 19

L
Latency 38, 48, 58, 63, 65, 66

w/3rd party software 61
LCD display 41
Lightpipe 29
Load Preset 43, 72
Logic Audio 12

M
Main Outs

volume 42
Main outs

jacks 6
making connections to 19
volume 5

Main volume 5
Mic inputs

connecting 20
phantom power 5

Mic preamps 5
Mic/line inputs 5, 18
MIDI

Windows driver installation 16
MIDI Machine Control 23, 24
MIDI Time Code sync 23
MIDI Timepiece AV 25
MIX BUS knob 44
Mix1 1-2

Cubase 50, 60
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Mix1 return includes computer 72
MMC 23, 24
Monitoring 64

thru main outs 19
w/3rd party software 61

MOTU
Digital Timepiece 25
MIDI Timepiece AV 25

MOTU 828 Control Strip module 7, 35
MOTU Audio System

bit resolution 36
MOTU FireWire Audio

ASIO driver 16
MOTU FireWire Audio Console 7, 35
MOTU SMPTE Console 75
MTC sync 23
Mute 44

N
Neutrik jacks 5
Nuendo

synchronization 53

O
Optical

choosing format (ADAT or 
TOSlink) 39

choosing format (ADAT/TOSlink) 7
connectors 6, 18
LEDs 5, 12
overview 10
sync 29

Optical In/Out 43
Optimization 66
Outputs

analog 6
optical 6
S/PDIF (TOSLink) 6

P
Packing list 13
Pair 44
Pan 44
PARAM knob 44
Paste Bus Mix 43
Patch thru

latency 38, 66
PCI-324

Wave driver 16, 57
PCI-424 SMPTE setting 38
Peak 12
Pedal 11, 39

3rd party software 55, 61
configuring 7
jack 6
Pedal A 19
Pedal B/LRC 19

Performance 66
Phantom power 5, 18
Phase-lock 22
Phones 5, 39

Digital Performer 49, 59
Phones 1-2

Cubase 52
Phones Assign 43
Phones menu 72
Punch in/out 11

R
Reference level 72
Regenerate 77
Registration 13

S
S/PDIF 10

clock source setting 37
lights 5, 12
optical 6, 10
RCA 6
sync 30

Sample rate 7, 36
Sample-accurate sync 11, 24, 25, 26, 54
Samplers

connecting 20
Samples Per Buffer 38, 65
Samples per buffer 7, 38, 48, 58
Save Preset 72
Save/Name Preset 43
SELECT knob 42
SETUP knob 42
SMPTE

synchronization 75
SMPTE sync 22, 23
Software installation 15
Solo 44
Sound control panel

rate (bit resolution) 36
Sound Manager 12

bit resolution 36
Sound module

connecting 19
Stand-alone operation 41
Stop Freewheeling 77
Stripe button 77
Studio setup (example) 20
Sync

sample-accurate 24, 25, 26
Synchronization 22

3rd party software 61
Cubase 53
Nuendo 53

Synths
connecting 20

System requirements
minimum 13
recommended computer 12, 13

T
TACH light (SMPTE Console) 76
Tascam

Sync 27, 28
Tech support contact info 80
Technical support 80
Time code sync 75
TOSLink 6, 10

clock source setting 38

connecting 18
Troubleshooting

feedback loop 50, 60
TRS connectors 18

U
Unbalanced analog 18

V
Video sync 22, 75
Volume

headphone 12
VOLUME knob 42
VST 12

W
Wave driver 16, 57
Word clock 6, 11, 22, 30

sync setting 37
Word Clock In setting 37
Word Out 39

Y
Yamaha 02R

connecting 21
Yamaha 02R mixer 29
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