




 C U E M I X  F X

111

Pausing the display
The Pause button in the upper right corner of the 
View section (Figure 9-50) allows you to freeze the 
display at any time. To resume, click the button 
again. The correlation meter will remain active 
while the display is paused.

A/B (stereo audio channels)
The View section (Figure 9-50) displays the pair of 
input or output audio channels you are viewing. 
See “Choosing a channel pair to display” above.

Line/Scatter
Choose either Line or Scatter from the menu in the 
View section (Figure 9-50) to plot each data point 
as either a single pixel or as a continuous line that 
connects each frequency data point to the next, as 
shown below in Figure 9-45.

Figure 9-51: The same Phase Analysis displayed in Line versus Scatter
mode.

☛ Line mode is significantly more CPU intensive 
than Scatter. You can reduce Line mode CPU 
overhead for the Phase Analysis display by 
increasing the Floor filter and reducing the Max 
Delta Theta filters (see “Filters” on page 113).

Color/Grayscale
In Color mode (Figure 9-50) signal amplitude is 
indicated by color as follows: red is loud and blue is 
soft. In grayscale mode, white is loud and gray is 
soft.

Linear/Logarithmic
Choose either Linear or Logarithmic from the 
menu in the View section (Figure 9-50) to change 
the scale of the frequency axis. In rectangular 
coordinates, the vertical axis represents frequency, 

and in polar coordinates, the radius from the 
center is frequency. With a linear scale, frequencies 
are spaced evenly; in a logarithmic scale, each 
octave is spaced evenly (frequencies are scaled 
logarithmically within each octave).

Linear is better for viewing high frequencies; 
logarithmic is better for viewing low frequencies.

Rectangular/Polar
Choose either Rectangular or Polar from the menu 
in the View section (Figure 9-50) to control how 
audio is plotted on the Phase Analysis grid. 
Rectangular plots the audio on an X-Y grid, with 
frequency along the vertical axis and phase 
difference on the horizontal axis. Polar plots the 
data on a polar grid with zero Hertz at its center. 
The length of the radius (distance from the center) 
represents frequency, and the angle (theta) 
measured from the +y (vertical) axis represents the 
phase difference in degrees.

Figure 9-52: Rectangular versus Polar display (with a linear plot).

Above, Figure 9-52 shows Rectangular versus Polar 
display with a Linear plot. Below, Figure 9-53 show 
s the same displays (and the same data) with a 
Logarithmic plot:

Figure 9-53: Rectangular versus Polar display with a logarithmic plot.
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Axes
The Axes control (Figure 9-50) sets the opacity of 
the grid displayed in the graph, from 100% (fully 
visible) down to 0% (fully hidden).

Horizontal and vertical controls

The Horizontal and Vertical controls (Figure 9-54) 
let you scale each axis of the grid and offset its zero 
point. Click and drag the values up or down to set 
them, or double-click to return to the default value. 

There are two modes for the controls: Zoom/Offset 
and Min/Max. To change the mode, use the menu 
shown in Figure 9-54.

Figure 9-54: Setting the Horizontal or Vertical control modes.

In Zoom/Offset mode, Zoom scales the axis. Pos 
moves the zero line.

In Min/Max mode, Min and Max let you scale the 
grid by moving the end points along the axis. Min/
Max mode lets you set the boundaries of the graph 
directly.

Filters

The Filters section (Figure 9-55) lets you control 
the density of the Phase Analysis display.

Figure 9-55: Filters

Floor
Floor (Figure 9-55) determines the amplitude 
threshold for the display. When the amplitude of 
both channels drops below this threshold, the 
signal is not shown.

Max delta theta
Max delta theta (Figure 9-55) only affects Line 
view (see “Line/Scatter” on page 112) and sets the 
maximum difference in frequency between plot 
points in the line plot. For two adjacent 
frequencies, if the distance (phase difference) 
between the two frequencies is greater than the 
Max delta theta, then the line is not drawn. 

Using the Phase Analysis

In the polar display (top row of Figure 9-56 on 
page 114), stereo material that is predominantly 
phase-aligned (correlated) appears along the 
vertical axis, as demonstrated in the first column 
(Perfectly in phase) in Figure 9-56. If the vertical 
line tilts left or right, this indicates general 
differences in phase; the more the tilt (delta theta), 
the more the phase difference. If the vertical line 
points downwards in the polar display, this 
indicates that the stereo image is predominantly 
out of polarity, as demonstrated by the fourth 
column (Inverted) in Figure 9-56. Delays appear as 
spirals in the polar display.

The rectangular display (bottom row of 
Figure 9-56) also shows a predominantly phase-
aligned stereo image along the vertical axis, and tilt 
(or left-right offset) from the center vertical axis 
represents differences in phase. If a signal is 
predominantly out of polarity, it appears along the 
theta = -1.0 or theta = +1.0 lines in the rectangular 
display, as demonstrated in the fourth column 
(Inverted) in Figure 9-56 on page 114.

Using Phase Analysis for multiple mic placement
The polar display can be very useful when 
recording drums or another instrument with 
multiple microphones. The slight delays caused by 
the differences in distance to the source can often 
create a comb filtering (delay) effect between two 
mic signals, due to phase cancellation. These comb 
filter effects appear as spirals in the polar display. If 
you arrange the mics so that the null points (where 
the spiral pattern meets the negative y axis) are 
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outside the critical frequency range of the 
instrument being recorded, you can avoid phase 
problems among the mic signals.

Tuning PA systems
The Phase Analysis window can also be used to 
troubleshoot and tune PAs and sound 
reinforcement systems by placing microphones in 
strategic locations, comparing the two signals in 
the Phase Analysis grid and looking for phase 
issues at various locations.

Summing to mono
The Phase Analysis window is ideal for checking 
stereo audio that needs to be summed to mono. 
The Phase Analysis lets you see what frequencies 
will be canceled out when summed.

In the rectangular view, any lines in the signal that 
touch the +1.0 or -1.0 vertical lines in the grid will 
be canceled out at the frequency where they touch, 
when the signal is summed to mono.

In the polar view, any signal that falls on the 
negative y axis (below zero) in polar view will be 
canceled out when the signal is summed to mono.

Checking for phase issues in stereo tracks
You can use the Phase Analysis window to check 
the overall polarity of a stereo mix. Figure 9-57 is 
an example of a full stereo mix that has phase 
issues, as indicated by the majority of the signal’s 
energy, which is predominantly skewed to the left 
side of the rectangular view (left) and spread along 
the -y axis in the polar view (right).

Figure 9-57: A stereo mix with phase issues.

Figure 9-56: Two identical audio streams in the Phase Analysis.

Perfectly in phase One-sample delay Twenty-sample delay

Polar view

Rectangular 

view

Inverted
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TUNER

The Tuner window is an accurate and easy to use 
tuner.

Opening the Tuner

Each 896mk3 interface has its own Tuner window. 
Choose the Tuner item from the Devices menu 
under the desired interface.

Choosing a channel pair to display

The Tuner window follows the currently focused 
audio input or output. If you focus a mono channel 
(e.g. Analog 3), its corresponding stereo pair will 
be displayed (Analog 3–4).

Choosing the channels to tune

The displayed channel pair is shown in the lower 
left corner. Each channel has a checkbox to enable 
or disable its input to the tuner.

Tuner controls

Detected frequency: fundamental frequency of the 
incoming signal, in Hertz (Hz). 

Detected note: note name and octave that 
correspond to the detected fundamental 
frequency.

Meter: representation of the pitch difference 
between the detected note and the detected 
fundamental frequency. The horizontal position of 
the illuminated segments indicates how far the 
detected frequency is from the detected note. The 
number of illuminated segments indicates 
uncertainty or inharmonicity in the signal; a 
greater number of illuminated segments represents 
greater uncertainty. The color of the segments 
changes gradually from green (in tune) to yellow, 
orange, and red (progressively further out of tune).

Meter value: difference between the detected note 
and the detected frequency, in cents.

Arrows: the direction in which the detected 
frequency needs to move to match the frequency of 
the detected note. The color of the arrows changes 
progressively in the same manner as the meter 
segments. When the detected fundamental 
frequency matches the detected note within 
three cents, both arrows will be illuminated.

Reference frequency: sets the frequency reference 
for the pitch A4, between 400 and 480 Hz. The 
default frequency is 440 Hz.The reference 
frequency can be adjusted by dragging on the bar 
below the number, or by clicking the number and 
typing a value. To reset the tuner to the default 
frequency, double-click the slider, or click the 
number, press the Delete key, and press Enter.

Tuning stereo signals

When tuning a stereo signal, the tuner analyzes the 
sum of the two channels. If the channels are not 
phase coherent, the tuner may not be able to 
measure the frequency of the signal. To tune only 
one channel of the channel pair, disable one of the 
channels as described in “Choosing the channels to 
tune”.
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CONFIGURATIONS MENU
A configuration is just like a hardware preset (a 
“snapshot” of all settings in CueMix FX and 
therefore the 896mk3 hardware itself), except that 
it can be created and managed using the CueMix 
FX software on your computer, completely 
independently of the 896mk3 hardware. The 
commands in the Configurations menu let you 
create, save, load, import, export and otherwise 
manage as many configurations as you wish.

Here is a summary of Configurations menu 
operations:

Modifying a configuration

The name of the current configuration is displayed 
in the CueMix FX window title bar. If you make any 
changes to the settings in CueMix FX, an asterisk 
appears in front of the name to remind you that the 
current state of CueMix FX doesn’t match the saved 
configuration. If you wish to update the saved 
configuration with the new changes, use the Save 
command. To save the current state of CueMix FX 

to another configuration, choose Save To. To save 
as a new, separate configuration, choose Create 
New.

Saving a CueMix FX configuration as a 
hardware preset

To save a CueMix FX configuration as a hardware 
preset:

1 Choose the configuration from the 
Configurations menu to make it the current active 
configuration.

2 Choose File menu> Save Hardware Preset.

3 Type in a name, choose a preset slot and click 
OK.

Saving a hardware preset as a CueMix FX 
configuration

To save a hardware preset as a CueMix FX configu-
ration:

1 Choose File menu> Load Hardware Preset to 
make it the current active preset.

2 Choose Configuration menu> Create New (or 
Save To) to save it as a configuration.

TALKBACK MENU
Choose the commands in the Talkback menu to 
engage or disengage Talkback or Listenback.

PHONES MENU
The Phones menu allows you to choose what you 
will hear on the headphone output, just like the 
Phones setting in MOTU Audio Console. However, 
this menu provides one extra option that is 
exclusive to CueMix FX: Follow Active Mix. This 
menu item, when checked, causes the headphone 
output to mirror the output of the current mix 
being viewed in CueMix FX. For example, if you 
are currently viewing mix bus 3, the headphones 
will mirror the mix bus 3 output (whatever it is 
assigned to).

Configurations
Menu item What it does

Create New Lets you name and save a new configuration, 
which appears at the bottom of the Configura-
tions menu.

Save Overwrites the current configuration 
(checked in the list at the bottom of the menu) 
with the current settings in CueMix FX.

Save To Same as Save above, except that it lets you first 
choose the configuration you wish to save to 
(instead of the current one).

Delete Lets you choose a configuration to perma-
nently remove from the menu.

Import Loads all configurations from a configuration 
file on disk.

Export Saves all current configurations as a file on 
disk.

Configuration 
list

Choose any configuration to load it. The cur-
rent (last loaded or saved) configuration has a 
check mark next to it.
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CONTROL SURFACES MENU
CueMix FX can be controlled from an automated 
control surface such as the Mackie Control™. Use 
the commands in the Control Surfaces menu to 
enable and configure this feature.

Application follows control surface

When checked, the Application follows control 
surface menu command makes the CueMix FX 
window scroll to the channel you are currently 
adjusting with the control surface, if the channel is 
not visible when you begin adjusting it. The same is 
true for the bus tabs: if you adjust a control in a bus 
that is not currently being displayed, CueMix FX 
will jump to the appropriate tab to display the 
control you are adjusting.

Share surfaces with other applications

When the Share surfaces with other applications 
menu command is checked, CueMix FX releases 
the control surface when you switch to another 
application. This allows you to control your other 
software with the control surface. Here’s a simple 
way to understand this mode: the control surface 
will always control the front-most application. Just 
bring the desired application to the front (make it 
the active application), and your control surface 
will control it. When you’d like to make changes to 
CueMix FX from the control surface, just bring 
CueMix FX to the front (make it the active 
application).

When this menu item is unchecked, your control 
surface will affect CueMix FX all the time, even 
when CueMix FX is not the front-most application. 
In addition, you will not be able to control other 
host audio software with the control surface at any 
time (because CueMix FX retains control over it at 
all times). This mode is useful when you do not 
need to use the control surface with any other 
software.

CueMix Control Surfaces

CueMix FX includes support for the following 
control surface products:

■ Mackie Control™

■ Mackie HUI™

■ Mackie Baby HUI™

Use the sub-menu commands in the CueMix 
Control Surfaces menu item to turn on and 
configure control surface support, as described 
briefly below.

Enabled
Check this menu item to turn on control surface 
operation of CueMix FX. Uncheck it to turn off 
control surface support.

Configure…
Choose this menu item to configure your control 
surface product. Open the help files for specific, 
detailed instructions on configuring CueMix FX 
for operation with your control surface product.
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Figure 9-58: Refer to the extensive on-line help for details about
configuring CueMix FX for operation with your control surface
product.
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10 MOTU SMPTE Console

OVERVIEW
The 896mk3 can resolve directly to SMPTE time 
code via any analog input, without a separate 
synchronizer. The 896mk3 can also generate time 
code via its time code output. The 896mk3 
provides a DSP-driven phase-lock engine with 
sophisticated filtering that provides fast lockup 
times and sub-frame accuracy. Direct time code 
synchronization is supported by Cubase, Nuendo 
and other audio sequencer software that supports 
the ASIO2 sample-accurate sync protocol.

MOTU SMPTE Console . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 119

Clock/Address . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 119

Frame Rate  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 119

Reader section. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 120

Generator section  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 121

Setting up for SMPTE time code sync . . . . . . . . . . . . . . . 121

Resolving Cubase or Nuendo to time code  . . . . . . . . . 121

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

CLOCK/ADDRESS
The Clock/Address menu (Figure 10-1) provides 
the same global Master Clock Source setting as in 
MOTU Audio Console (“Master Clock Source” on 
page 41), but it includes additional information: 
each setting shows both the clock and the address 
(time code or sample location), separated by a 
forward slash ( / ). To resolve the 896mk3 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.

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 896mk3 can auto-

Figure 10-1: SMPTE Console gives you access to your 896mk3’s on-board
SMPTE time code synchronization features.

The Reader section provides 
settings for resolving to 

SMPTE time code.

The Generator section 
provides settings for striping 

SMPTE time code.
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detect and switch to the incoming frame rate, 
except that it cannot distinguish between 30 fps 
and 29.97 fps time code, or 23.976 and 24 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 10-1) provides settings for 
synchronizing the 896mk3 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 
896mk3 has successfully achieved lockup to 
SMPTE time code and SMPTE frame locations are 
being read.

Clock
The Clock light glows continuously when the 
896mk3 has successfully achieved lockup to an 
external time base, such as SMPTE time code or 
the optical input.

Address
The Address light glows continuously when the 
896mk3 has successfully achieved lockup to 
SMPTE time code.

Freewheel
The Freewheel light illuminates when the 896mk3 
is freewheeling address (time code), clock or both. 
For details about Freewheeling, see “Freewheel 
Address” and “Freewheel clock” below.

SMPTE source

Choose the analog input that is connected to the 
time code source. This is the input that the 896mk3 
“listens” to for time code.

Freewheel Address

Freewheeling occurs when there is a glitch or 
drop-out in the incoming time code for some 
reason. The 896mk3 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 896mk3 to freewheel 
before it gives up and stops altogether.

The 896mk3 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.

The ‘Infinite’ freewheel setting
The Infinite freewheel setting in the Freewheel 
Address menu causes the 896mk3 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 896mk3 can freewheel past the 
drop-out and then resume lockup again as soon as 
it receives a stable, readable clock signal.
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The 896mk3 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 896mk3 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 10-1) provides settings for 
generating SMPTE time code.

Level

Turn the level knob to adjust the volume of the 
SMPTE time code being generated by the 896mk3. 
The level knob disappears when the Destination is 
set to None.

Tach light

The Tach light blinks once per second when the 
896mk3 is generating SMPTE time code.

Destination

In the Destination menu, choose either SMPTE (to 
generate time code) or None (to turn it off).

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 10-2: Setting the time code start time.

Regenerate

This option, when enabled, causes the generator to 
generate time code whenever the 896mk3 is 
receiving SMPTE time code.

SETTING UP FOR SMPTE TIME CODE SYNC
To set up direct SMPTE time code synchroni-
zation, see “Syncing to SMPTE time code” on 
page 34.

RESOLVING CUBASE OR NUENDO TO TIME 
CODE
To resolve your 896mk3 and Cubase or Nuendo 
directly to SMPTE time code with no additional 
synchronization devices, use the setup shown in 
“Syncing to SMPTE time code” on page 34. Make 
sure the Master Clock Source setting in the MOTU 
Audio Console window is set to SMPTE. Also, 
make sure that you’ve connected an LTC input 
signal to an 896mk3 analog input, and that you’ve 
specified that input in the SMPTE Source menu in 
SMPTE Console.

Click here to edit 
the start time, or 
drag vertically on 
the numbers.
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A Audio I/O reference

OVERVIEW
The MOTU Audio drivers supply text string labels 
for the 896mk3’s audio inputs and outputs to 
clearly identify each one, but some applications do 
not display these labels. 

The following sections show how you can identify 
each input and output in a numbered list like this.

Windows: ASIO  . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 125

Windows: WDM. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 126

WINDOWS: ASIO
Channels appear in the following order for ASIO 
applications on Windows.

Inputs at 1x sample rates

Inputs are always listed in the same order as 
follows, when operating the 896mk3 at 1x sample 
rates (44.1 or 48 kHz):

Inputs at 2x sample rates

When operating the 896mk3 at a 2x sample rate 
(88.2 or 96 kHz), inputs are listed as follows:

Inputs at 4x sample rates

When operating the 896mk3 at a 4x sample rate 
(176.4 or 192 kHz), inputs are listed as follows:

Input
44.1/48 kHz Channels List position Comment

Analog 8 1-8 -

AES/EBU 2 9-10 -

SPDIF 2 11-12 -

Optical A 8 ADAT
2 TOSLINK

13-20
13-14

-

Optical B 8 ADAT
2 TOSLINK

21-28
15-16

These starting chan-
nel numbers assume 
that optical A is 
operating with the 
same format.

Stereo 
return

2 29-30
17-18

See “Return Assign” 
on page 58.

Reverb 
return

2 31-32
19-20

See “Reverb return” 
on page 58.

Input
44.1/48 kHz Channels List position Comment

Analog 8 1-8 -

AES/EBU 2 9-10 -

SPDIF 2 11-12 -

Optical A 4 ADAT
2 TOSLINK

13-16
13-14

-

Optical B 4 ADAT
2 TOSLINK

17-20
15-16

These starting chan-
nel numbers assume 
that optical A is 
operating with the 
same format.

Stereo 
return

2 21-22
17-18

See “Return Assign” 
on page 58.

Reverb 
return

2 23-24
19-20

See “Reverb return” 
on page 58.

Input
176.4 /192 kHz Channels List position Comment

Analog 8 1-8 -

SPDIF not 
available

not 
available

not 
available

AES/EBU not
available

not 
available

not 
available

Optical A not 
available

not 
available

not 
available

Optical B not 
available

not 
available

not 
available

Stereo return 2 9-10 See “Return 
Assign” on page 58.

Reverb return not 
available

not 
available

not 
available
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Outputs at 1x sample rates

Outputs are always listed in the same order as 
follows, when operating the 896mk3 at 1x sample 
rates (44.1 or 48 kHz):

Outputs at 2x sample rates

When operating the 896mk3 at a 2x sample rate 
(88.2 or 96 kHz), outputs are listed as follows:

Outputs at 4x sample rates

When operating the 896mk3 at a 4x sample rate 
(176.4 or 192 kHz), outputs are listed as follows:

WINDOWS: WDM
Channels appear in the following order for WDM 
applications on Windows.

Inputs at 1x sample rates

Inputs are always listed in the same order as 
follows, when operating the 896mk3 at 1x sample 
rates (44.1 or 48 kHz):

Output
44.1 / 48 kHz Channels List position Comment

Main outs 2 1-2 -

Analog 8 3-10 -

AES/EBU 2 11-12 -

SPDIF 2 13-14 -

Phones 2 15-16 -

Optical A 8 ADAT
2 TOSLINK

17-24
17-18

-

Optical B 8 ADAT
2 TOSLINK

25-32
19-20

These channel num-
ber ranges assume 
that optical A is oper-
ating with the same 
format.

Output
88.2/ 96 kHz Channels List position Comment

Main outs 2 1-2 -

Analog 8 3-10 -

AES/EBU 2 11-12 -

SPDIF 2 13-14 -

Phones Mirror only -- -

Optical A 4 ADAT
2 TOSLINK

15-18
15-16

-

Optical B 4 ADAT
2 TOSLINK

19-22
17-18

These channel 
number ranges 
assume that optical 
A is operating with 
the same format.

Output
176.4/ 192 kHz Channels List position Comment

Main outs 2 1-2 -

Analog 8 3-10 -

Phones Mirror only -- -

SPDIF Not available -- -

AES/EBU Not available -- -

Optical A Not available -- -

Optical B Not available -- -

Input
44.1/48 kHz Channels List position Comment

Stereo 
return

2 1-2 See “Return Assign” 
on page 58.

Analog 8 3-10 -

AES/EBU 2 11-12 -

SPDIF 2 13-14 -

Reverb 
return

2 15-16 See “Reverb return” 
on page 58.

Optical A 8 ADAT
2 TOSLINK

17-24
17-18

-

Optical B 8 ADAT
2 TOSLINK

25-32
19-20

These starting chan-
nel numbers assume 
that optical A is 
operating with the 
same format.
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Inputs at 2x sample rates

When operating the 896mk3 at a 2x sample rate 
(88.2 or 96 kHz), inputs are listed as follows:

Inputs at 4x sample rates

When operating the 896mk3 at a 4x sample rate 
(176.4 or 192 kHz), inputs are listed as follows:

Outputs at 1x sample rates

Outputs are always listed in the same order as 
follows, when operating the 896mk3 at 1x sample 
rates (44.1 or 48 kHz):

Outputs at 2x sample rates

When operating the 896mk3 at a 2x sample rate 
(88.2 or 96 kHz), outputs are listed as follows:

Input
88.2 / 96 kHz Channels List position Comment

Stereo 
return

2 1-2 See “Return Assign” 
on page 58.

Analog 8 3-10 -

AES/EBU 2 11-12 -

SPDIF 2 13-14 -

Reverb 
return

not 
available

not 
available

not 
available

Optical A 4 ADAT
2 TOSLINK

15-18
15-16

-

Optical B 4 ADAT
2 TOSLINK

19-22
17-18

These starting chan-
nel numbers assume 
that optical A is 
operating with the 
same format.

Input
176.4 /192 kHz Channels List position Comment

Stereo return 2 1-2 See “Return 
Assign” on page 58.

Analog 8 3-10 -

AES/EBU not
available

not 
available

not 
available

SPDIF not 
available

not 
available

not 
available

Reverb return not 
available

not 
available

not 
available

Optical A not 
available

not 
available

not 
available

Optical B not 
available

not 
available

not 
available

Output
44.1 / 48 kHz Channels List position Comment

Main outs 2 1-2 -

Analog 8 3-10 -

AES/EBU 2 11-12 -

SPDIF 2 13-14 -

Phones 2 15-16 -

Optical A 8 ADAT
2 TOSLINK

17-24
17-18

-

Optical B 8 ADAT
2 TOSLINK

25-32
19-20

These channel num-
ber ranges assume 
that optical A is oper-
ating with the same 
format.

Output
88.2/ 96 kHz Channels List position Comment

Main outs 2 1-2 -

Analog 8 3-10 -

AES/EBU 2 11-12 -

SPDIF 2 13-14 -

Phones Mirror only -- -

Optical A 4 ADAT
2 TOSLINK

15-18
15-16

-

Optical B 4 ADAT
2 TOSLINK

19-22
17-18

These channel 
number ranges 
assume that optical 
A is operating with 
the same format.
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Outputs at 4x sample rates

When operating the 896mk3 at a 4x sample rate 
(176.4 or 192 kHz), outputs are listed as follows:

Output
176.4/ 192 kHz Channels List position Comment

Main outs 2 1-2 -

Analog 8 3-10 -

Phones Mirror only -- -

SPDIF Not available -- -

AES/EBU Not available -- -

Optical A Not available -- -

Optical B Not available -- -
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B Troubleshooting

Why does the start sound not play through the 
896mk3? 
The 896mk3 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. If that fixes 
the problem, visit motu.com to download the very 
latest drivers and then install them.

‘New hardware detected’ window
If you connect your 896mk3 before running the 
MOTU Audio installer, Windows will prompt you 
that new hardware has been detected. Cancel this, 
and run the 896mk3 Software Installer, rather than 
allowing Windows to locate the drivers.

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 “Making sync 
connections” on page 28 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 due to hard drive problems
If you have checked your clock settings and you are 
still getting clicks and pops in your audio, you may 
have a drive related problem. Set your Master 
Clock Source to Internal and try recording just 
using the analog inputs and outputs of the 896mk3. 
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 or there are other drive-related issues. 
If you are using a FireWire drive on the same bus as 
the 896mk3, it could be that the FireWire bus is 
overloaded (too many devices on the same bus). 
Try removing all devices except the 896mk3.

Connecting or powering gear during operation
It is not recommended that you connect/
disconnect, or power on/off devices connected to 
the 896mk3 while recording or playing back audio. 
Doing so may cause a brief glitch in the audio.

896mk3 inputs and outputs are not available in 
host audio software
Make sure that the inputs and outputs are enabled. 
See “Working with 896mk3 inputs and outputs” on 
page 62.

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 Audio 
Console.

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 896mk3’s hardware-based CueMix FX 
monitoring feature. Please see chapter 8, 
“Reducing Monitoring Latency” (page 65).

Controlling monitoring latency
See chapter 8, “Reducing Monitoring Latency” 
(page 65).
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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 register online at 
MOTU.com, or fill out and mail the included 
registration card. Doing so entitles you to technical 
support and notices about new products and 
software updates.

REPLACING DISCS
If your installer disc becomes damaged, 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. In the 
meantime, you can download the latest drivers 
from www.motu.com.

TECHNICAL SUPPORT
If you are unable, with your dealer’s help, to solve 
problems you encounter with the 896mk3 system, 
you may contact our technical support department 
in one of the following ways:

■ Tech support hotline: (617) 576-3066 (Monday 
through Friday, 9 a.m. to 6 p.m. EST)

■ Online support: www.motu.com/support

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

■ The serial number of the 896mk3 system. This is 
printed on a label placed on the bottom of the 
896mk3 rack unit. You must be able to supply this 
number to receive technical support.

■ 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.

■ The pages in the manual which refer to the parts 
of the 896mk3 or AudioDesk with which you are 
having trouble.

■ The version of your computer’s operating 
system.

We’re not able to solve every problem immediately, 
but a quick call to us may yield a suggestion for a 
problem which you might otherwise spend hours 
trying to track down.

If you have features or ideas you would like to see 
implemented, we’d like to hear from you. Please 
write to the 896mk3 Development Team, MOTU 
Inc., 1280 Massachusetts Avenue, Cambridge, MA 
02138 or send an email to:
customerservice@motu.com.
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Symbols
+4dB analog input 24

02R mixer 30
-10dB analog input 24
1394 connector 8, 14, 21, 22
192kHz

multiple interfaces 36
operation 40

20 dB pad 14
2408mk3

Word Clock In setting 41
24-bit

optical 8, 13
recording 15

24i/o
Word Clock In setting 41

48V phantom power 14
828

connecting to UltraLite-mk3 36
896mk3

connecting to UltraLite-mk3 36
expansion 35
input/output summary 12
installing 21
rear panel overview 12
SMPTE setting 42
summary of features 11

896mk3 tab 39

A
Ableton Live 57, 59
ADAT

metering 7
ADAT IN/OUT LEDs 7
ADAT lightpipe 30
ADAT optical 8, 13, 44

clock source setting 41, 42
connecting 24
SMUX Type 51

adjusting bus levels 7
AES Out x 2 / AES Out ÷ 2 32, 45
AES/EBU 8, 13

clock source setting 41
clocking 31
connecting to 25
metering 44
Meters 9
Out slave to AES in option 32, 44
synchronization 30

Analog
input meters 7
input/output summary 12
inputs/outputs 8

making connections to 23
metering 14
out LED 7
output metering 7

Analysis tools 99
Application follows control surface 117
ASIO 16, 20

input and output names 62, 125

SONAR 60
Attack

compressor 91
Audio menu (LCD) 51
Audio Setup software 19
AutoSave Status 50
Avid Pro Tools 59

B
Balance 76
Balanced analog 23
Buffer Size 42
Bus

activity LEDs 83, 93
fader 75

C
CakeWalk 16
Cakewalk SONAR 60
Channel tab 82

reverb settings 83
Clear Peaks 99
Clip Hold Time 9, 45
Clipping 7
Clock Source 29, 41
Clock source 9, 28

SMPTE setting 42
Clock status LEDs 7
Coax 13
Cockos Reaper 60
Comp button 93
Compressor 91

enabling 91
Condenser mic input 7, 24
Configurations menu 116
Configure interface 35
Connecting multiple 896mk3s 35
Control Surfaces menu 117
Converter mode

setup/example 27
Copy/Paste 99
Correlation Meter 111
Cubase 16, 39, 57

clock source 57
enabling the 828 ASIO driver 61
Mac OS X 59
Main Out Assign 58
optical I/O 58
phones 58
Return Assign 58
reverb return 58
sample rate 57

CueMix
menu 51

CueMix FX 7, 68, 71-118
Application follows control surface 

117
Configurations menu 116
control surfaces 117
Control Surfaces menu 117
CueMix control surfaces 117
Devices menu 99
Edit menu 99

File menu 98
focus 74
installation 73
Listenback explained 96
listenback settings 97
Mac OS X software 62
Mixer 47
output jacks 8, 24
overview 72, 73
Phones menu 116
Share surfaces with other applica-

tions 117
shortcuts 98
signal flow 77
stand-alone operation 72
Talkback menu 116
talkback settings 96, 97

Customer support 130

D
Daisy-chaining 36
DAT

connecting 26
Devices menu 99
Digital converter (see Optical converter)
Disc, replacing 130
Drivers

ASIO 20
installing USB drivers 19
Legacy MME (Wave) 9, 20

DSP
meter 73, 96
resources 72, 96

Dynamic mic 24
Dynamics

enabling 79, 91
graph 78
inputs 78
outputs 80
tab 91

E
Early reflections 95
EQ

enabling 79, 84
filter types 86
frequency 86
gain 86
graph 78
inputs 78
outputs 80
Q 86
tab 84

Expansion 35

F
Factory defaults 51
Feedback loops 58
FFT display 99
File menu

Clear Peaks 99
Copy/Paste 99
Hardware Follows CueMix Stereo 

Settings 98

Index
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Load Hardware Preset 98
Mix1 return includes computer 98
Peak/Hold Time 98
Save Hardware Preset 98
undo/redo 99

FireWire 14
connecting 21, 22
connector 8

Focus 74
Inputs tab 78
Mixes tab 76
Outputs tab 80

Follow Active Mix 116
Foot pedal

connecting 25
Foot switch 14, 43

3rd party OS X software 63
configuring 9
connecting 25
jack 7

Force 1x word out rate 33
Force 44.1/48kHz 13
Freewheel

address 120
clock 120
infinite 120, 121

Frequency
EQ 86

Front panel 7, 47

G
Gain

EQ 86
reduction 91
reduction (Leveler) 93

GarageBand
clock source 57
Main Out Assign 58
optical I/O 58
phones 58
Return Assign 58
reverb return 58
sample rate 57

General tab 39
GR (gain reduction) 91
Guitar

connecting 24, 26
Guitar/mic inputs

phantom power 7
Guitar/mic inputs/connecting 23

H
Hardware Follows CueMix Stereo Settings 

98
Hardware follows CueMix Stereo Settings 

98
Hardware reset 51
HD192

Word Clock In setting 41
Headphone jack 7, 14, 48
Headphone output 14
Headphones

connecting 26

controlling output 43
HUI 117

I
In menu (LCD) 52
Infinite freewheel 120, 121
Input gain 14
Input level meters 7
Inputs

analog 8
name 77
optical 8
pan 76
reverb send 79
tab 77
trim 78

Installation
hardware 21

Installer disc, replacing 130
Interface mode 51
Internal (sync setting) 41
Invert phase 78

L
Latency 42, 58, 65, 67, 68, 72

lookahead 82
LCD

contrast 50
LCD display 49
LEDs 14
Level meter

bus 76
monitor group 96

Level meters
configuring 45

Leveler 91, 92
Lightpipe 30, 44

2x mode 51
Limit button 93
Listenback

button (channel tab) 83
button (Outputs tab) 80
explained 96

Live 59
Load Hardware Preset 98
Logic Audio 16
Logic Pro/Express

clock source 57
Main Out Assign 58
optical I/O 58
phones 58
Return Assign 58
reverb return 58
sample rate 57

Lookahead 82

M
M/S 82
Mac OS X 57

3rd party software sync 63
input and output names 62, 125, 126

Mackie Control 117
Main Out Assign 44

Mac OS X audio software 58

Main outs 13
jacks 8
making connections to 24
metering 7
volume 7, 48

Makeup gain 93
Master Clock Source 29, 35, 41
Master fader

mix busses 75
Master volume 7, 48, 95
Metering 14
Metering options 45
Meters

knob 7, 14, 44, 49
monitor group 96

Meters tab 93
Mic inputs

connecting 26
Mic preamps 12
Mic/guitar inputs 47

connecting 23
phantom power 7
V-Limit 48

Mic/line inputs 23
Mid-side micing 82
Mix bus

activity LEDs 83, 93
level meter 76
master fader 75
mute 76

Mix1 return includes computer 98
Mixes tab 75
MME driver 9, 20
Monitor group 95

assigning outputs 96
assigning outputs to 81
level 95
meters 96
presets menu 96

Monitor Level knob 7
Monitoring 66

thru main outs 24
Mono button 78
MOTU

ASIO driver 20
MOTU Audio Console 39
MOTU Audio Setup 19
MOTU SMPTE Console 119

N
Normal 82
Nuendo 16, 39, 57

clock source 57
Mac OS X 59
Main Out Assign 58
optical I/O 58
phones 58
Return Assign 58
reverb return 58
sample rate 57

O
Optical
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2x mode 51
choosing format (ADAT or 

TOSlink) 44
connectors 8, 24
metering 44
overview 13
sync 30

Optical converter mode 51
setup/example 27

Optimization 68
OS X audio software

clock source 57
Main Out Assign 58
optical I/O 58
phones 58
Return Assign 58
reverb return 58
sample rate 57

Oscilloscope 102
Output level (meter in Dynamics plug-in) 

91
Outputs

analog 8
dynamics 80
EQ 80
name 79
optical 8
reverb send/return 80
signal flow 79
tab 79

Over LEDs 7
Overload Protection 82

P
Packing list 17
Pad 14, 23
Paste 99
Patch thru

latency 42, 68
Peak Hold Time 9, 45
Peak mode 92
Peak/Hold Time 98
Pedal 14, 25, 43

3rd party OS X software 63
configuring 9
jack 7

Performance 68
Phantom power 12, 14, 23, 24
Phase 78
Phase Analysis 111
Phase-lock 28
Phones 7, 48, 126, 127, 128

menu 116
Phones Assign 43

3rd party software 58
Pre/post FX buttons 83, 93
Precision Digital Trim 13
PreDelay 95
Presets

naming/saving in LCD 50
Pro Tools 57, 59
Programmable meters 9, 44
Propellerhead Reason 60

Propellerhead Record 60
Punch in/out 14

Q
Q 86

R
Ratio

compressor 91
Reaper 57, 60
Reason 57, 60
Record 57, 60
Regenerate 121
Registration 17
Release

Dynamics 91
Return Assign 44

Mac OS X audio software 58
Reverb 74

design section 95
early reflections 95
enabling/disabling 94
input sends 79
mix bus send/return 75, 76
outputs send/return 80
predelay 95
returns 94
routing to/from 94
send (channel tab) 83
sends 94
shelf filter 95
tab 94
time 95
trim (channel tab) 83
width 95

Reverb return 94
OS X audio software 58

RMS mode 92

S
S/MUX 51
S/PDIF 13

clock source setting 41
connection 25
metering 44
optical 8, 13
sync 29

Sample rate 9, 40
192kHz operation 40
LEDs 7

Sample rate convert 9, 31, 44
Samplers

connecting 26
Samples per buffer 9, 42, 58, 67
Save Hardware Preset 98
Setup menu (LCD) 50
Share surfaces with other applications 117
Shelf Filter 95
Shortcuts 98
Show

Band Response 99
FFT 99, 100
no analysis 99
Spectrogram 99, 100

Show EQ Controls 101
Show/Hide Full Window Analysis 99
Signal flow (CueMix FX mixer) 77
SMPTE

Console application 119
overview 119
source setting 120
sync 28, 34, 119

Soft Clip 13, 48, 82
Solo

light 76, 96
SONAR 57, 60
Sony

Sound Forge 62
Sound Forge 62
Soundtrack Pro

clock source 57
Main Out Assign 58
optical I/O 58
phones 58
Return Assign 58
reverb return 58
sample rate 57

Spectrogram 99
Split Point 94
Stand-alone operation 47, 56, 72
Stereo button 78
Stereo settings (Channel tab) 82
Stop Freewheeling 120
Stripe button 121
Studio setup (example) 26
Swap L/R 82
Synchronization 28

Mac OS X software 63
multiple interfaces 35

Synths
connecting 26

System requirements
minimum 17
recommended computer 17

T
TACH

light (SMPTE Console) 120
Talkback

button (Channel tab) 83
button (Outputs tab) 80
explained 96
menu 97, 116
settings 97

Technical support 130
Threshold

dynamics 91
Time code sync 34, 119
TOSLINK 8, 13

clock source setting 42
connecting 24

TOSlink 44
Traveler

connecting to UltraLite-mk3 36
Trim 13, 23, 78
Trim (input) 14
Troubleshooting
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EQ knobs don’t work 79
feedback loop 58

Tuner 115
Type I, II optical mode 51

U
UltraLite-mk3

connecting multiple interfaces 36
Unbalanced analog 23
Undo/Redo 99
USB

installing drivers 19
USB2 14
Use Stereo Pairs for Windows Audio op-

tion 43
Use WaveRT for Windows audio 43
User def. (monitor group menu) 96

V
Video sync 28, 119
V-Limit 13, 48, 82
Volume

headphone 14
knob 14

W
Wave driver 9, 20
WDM 20

input and output names 62, 126
Width 76

reverb 95
Width knob 82
Windows Driver Model (see WDM)
Word clock 13, 28, 29, 33

2x or one-half x 33
connectors 8
sync setting 41

Word Clock In setting 41
Word Out 45

X
XLR connectors 23
X-Y Plot 108

Y
Yamaha 02R mixer 30
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