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Sysex Platforms and Utilities

For transferring the OS as well as sound Banks, PC users have had success with MIDIOX and Mac users with SYSEX 4.5.2. You must set the recommended minimum memory on them to over 1Meg due to the size of the A6 OS. You should also check their Preferences to set the transfer rate to 80% (a reduction in speed of 20%). Cakewalk PC users and MIDI files on a Mac seem to be okay, but the Radius Mac clones exhibit issues with MIDI. You must turn off Appletalk and all filesharing in the Chooser for MIDI to function at its optimum.

Most Recent OS:
At this writing, the most recent, but “beta” software revision is 1.40.13, and is available for download at:

http://alesis.com/beta/a6/
The most recent official release software is 1.40.12, and can be found at:

http://www.alesis.com/downloads/software/A6/index.html
The difference between the two are listed in the accompanying texts. Most interesting in the .13 version is the new fastest setting in the Engine Optimizer, which allows for faster envelope response times than previous versions, but at the cost of a bit of zipper noise in the parameters (VCAs, and with large pitch modulations). On the Filt/VCA chip, this allows for faster amplitude snaps with minimum attack times. (Note that the Minimoog filter and VCA envelopes aren’t quite this fast; a Minimoog mimic Program I created with a friend sounded best at the setting below the newest fast setting.)

To Load a new OS:

Power-cycle the unit while holding down soft button seven and follow the prompts. You may have to press Store twice to reach the receive screen. Note that it will take several minutes to complete the entire procedure due to the size of the OS as well as the time it takes to burn the OS into FLASH and to then calibrate the instrument afterward. Follow the prompts as it goes; you will be asked to initiate functions at two points in the procedure. 

You may also send the OS from one A6 to another; power cycle the source A6 holding soft button 6 during the entire power-up. Follow the prompts. 
Free Soundbanks:
Free banks of Programs are available at the Alesis site:

http://www.alesis.com/downloads/software/A6/index.html
and at a pair of user’s groups as follows. 

User Groups:
You can join the Yahoo Group; if you're not a member of Yahoo Groups, sign up at: 

http://groups.yahoo.com 

and then search for Andromeda ION.

If you're already a member of Yahoo Groups, go to

http://launch.groups.yahoo.com/group/Andromeda_A6-ION/

The original mailing list, started at www.code404.com, is now at

http://www.wohmart.com/A6/

including many Programs, mp3 soundclips, mailing list archives, etc. 

This site has a lot of information, and some A6 mp3 and video.

http://www.sequencer.de/moogulatorium/alesis_andromeda.html
Soft Reset:

Power-cycle the unit while holding down soft button four during the entire power-up and followthe prompts. This will clear the tuning tables and the ribbon calibration as well; you should Autotune after a Soft Reset (the instrument should be warmed up already).

If this doesn't work, try power-cycling while holding soft button 1 during the entire power-up. This clears the edit buffers (and any Program currently in it).  

Hard Reset:

This is for any time your A6 is frozen solid, so to speak. Power-cycle the unit while holding down soft button three during the entire power-up and follow the prompts. This will clear the User Program and Mix banks as well as clearing the tuning tables, the CC assignments, and all Global settings, etc.

Another, Larger set of tips and tricks:
http://home.wxs.nl/~robnet/a6/A6TipsAndTricks.html
This is a collection of hints and applications technique from Andromeda owners. Don't miss this!
Using Andromeda

-The Andromeda behaves as a monotimbral synth

in Program mode, while splits, layers, and multichannel

operation is accessed in Mix mode. 

-The majority of front-panel functions are per Program,

excepting the Master Volume control and Master Tune

control. Everything you see is stored per Program, and

can be edited in the same way in Mix mode, per Mix

Channel. 
-Moving any control (excepting the 'Soft Pots' under the

display) will cause the associated graphic page to load in

the display. Press each module's View button to access

these pages without moving a knob (and thus disturbing

a parameter setting). Some modules, such as the Envelope

and Oscillator modules have more than one page; in the

Display, you will notice that the lowest row of text represents

what the Soft Buttons access, and the row of text above that,

what the Soft Pots do. Multiple pages can be accessed via the

Soft Buttons. 

-If you wish to turn more than one knob at a time or simply

retain a single graphic page in the display, please press

Soft Buttons 7 and 8 simultaneously to lock the display to the

current page. It is fully possible to turn multiple pots simultaneously and not adversely the unit. 

-The Increment and Decrement keys to the right of the 

Display are useful in a number of ways. You will notice that

most parameters have fractional values, meaning that they

have much greater resolution than 1->127 or so. The keys

can be used to zero in on, or “snap-to” precise values. Simultaneously 

pressing the Inc/Dec keys will set the selected parameter 

to zero, or in the case of certain parameters, to its most useful 

setting (Filter 2 Key Track will be set to exactly 100%, which is perfect keyboard tracking; Pulse Width will be set to 

exactly 50%, etc.) Holding one of these keys will cause the 

selected parameter value to begin to scroll. Don’t be surprised if you press Inc or Dec and don’t notice an instant visual change in the parameter value; the fractionally-based parameters have more resolution than the display can reflect in using five digits, and you may find two or three clicks are required to notice movement in the numeric values. 

-The potentiometers can be set to Jump-To whatever position

they are when you touch them, or to Pass-Through, meaning

that a pot won't become active until you move it past the

stored value for that pot. If a stored pot value is 0 or 100,

you will have to turn the pot all the way to that relative point to enable it. To select between these choices, press the Global button, and then press soft button five (“Panel” is the parameter in the display). Soft pots one and two are then used select the various modes that are available.

Pressing Program or Mix will place you at the top level of

that mode from any page. 

It is necessary to Auto Tune A6 after about 5 minutes 

after powering up. Background Tuning should keep it in

tune after that unless the unit is power cycled. Note that the Filters

are not tuned by the background tuning process; they will drift like any analog filter will over time. For sounds such as Boards, Eh?, 

= Depth =,  and Clean Lead, which use Filter 2 as an oscillator, it’s important to keep them in tune as the drift will result in anything from slight detuning to unpredictable transposition. You can tune individual sections of the synth so press Autotune once and then push soft button six twice to tune only the Filters. 

If for some reason tuning fails, save your User Programs and Mixes, and perform a Hard Reset as detailed above. This clears the tuning tables (which provide the A6 with a starting point for calibration upon power-up prior to the unit reading all parameters. This is in place of the hardware required on other analog synthesizers, which require occasional calibration and over time, possible replacement). 

After the above, tune the unit again after about five minutes. All should be well, and new table values entered, which will provide you with more accuracy immediately after powering up. 

PROGRAM MODE
General
-Programs may be selected by:

  -Entering numbers on the numeric keys

  -Turning the 'Soft Pot' number 1 and 2.

  -The Increment / Decrement keys if you are in Directory

    mode or at the top Program level (this is currently buggy).

-The 'Soft Pot' number 3, MIDI Channel, selects which

  channel Andromeda receives data on while in Program

  mode. 

-Mod buttons act like mouse clicks on a Mac; once

  will select the Mod path and a quick second press

  will Enable the path. To Disable a Mod (from another

  page or module), double-click on it. 

-To use a Mod: double-click it to Enable the route, scroll

  through the Mod Source List and select a modulator, 

  give it a Level, and select a Destination. Destinations

  are particular to whatever module you have selected

  to mod. You cannot mod the filter from an oscillator

  mod route, for example. 

-The Mod Sources list: Sources with a Vox prefix

  are per Voice, and are per-note functions; Sources with a 

  PGM prefix, later in the list, are per Program, or are 'global'

  and will effect all voices at once in the same way. At the 

  end of the list are Clock and Gate Sources. The clocks should

  be self-explanatory in name; they can be used to fire or

  reset modules which accomodate such (Envelopes, Seq/Arp,

  S/H, LFOs, etc.) The Envelope stage names at the end of the

  list are Gates that go high when the indicated stage is reached

  during the associated Envelope's cycle. You can start the

  Sequencer when Envelope 2 reaches Release 2, for example,

  or start the S/H running upon reaching the Sustain of Env 3.

  The End stage is provided to allow cascading Envelopes

  or to fire modules when an Envelope reaches zero at the 

  end of its cycle. 

-Offsets in the Mod pages: allow you to 'move' the center of

  a modulator. If you are using the keyboard to play a self-

  oscillating Filter 2, you'll find that at minimum Fc that it's

  not low enough. Use the Offset on the Keytracking to allow

  reaching the bass region. Etc. 

-Trigger Pages: Modules with a Trigger Page (LFOs, S/H, 

  Envelopes, Seq/Arp, etc.) can either be caused to advance

  a single increment, begin running, or reset (LFO Phase)

  whenever the selected Source (any Source, whether it's a

  Clock or not) passes the value you set as the threshold

  Level, which is also conditioned by the Type function. 

  See the end of this document for details application info

  on Triggering the LFOs, S/H, and Envelopes. 

Front-Panel Modules

Keyboard Modules
-Unison X allows layering of voices in single voice increments up

  to the full 16. Unison Detune is similar to the MKS80 feature 

  in allowing you to spread the layered voices out from zero in

  a bipolar fashion. 

-Portamento goes up to 30 seconds on the pot to allow for resolution 

  in the most-oft used range, but it can be modulated to go up to 130 

  seconds using an Offset, etc.

-Four Portamento types are available by pressing soft button 2.

  Chord is inactive and the second parameter, Offset, is only 

  available when selecting Offset on the first parameter.

-Each Oscillator in a voice can be removed from keytracking
  using Soft Pot 4 on the Oscillator Tune page. Microtonal scales

  can then be created by using Vox Key Number as a Mod Source

  with a Level of less than 100.

LFOs
-The LFOs and S/H clock will max out at lower than audio

  rates due to the speed of the Coldfire microprocessor combined

  with the large number of features present in A6 (over 700

  parameters per Program). 

-Soft Button 1, Wave, allows scrolling to the desired parameter

  on the LFO page. 

-LFOs can be Freerunning (the Trig LED will be off) by setting

  (on the Trig page) Enable to Off (Soft Pot 6), VOXTRIG to ON VOX

  and Freerun to On (Soft Pot 8). 

-LFOs can reset their phase position every time a Trigger

  occurs by Enabling Trigger and selecting the desired Source and

  Level. You can determine the initial Phase with precision on the

  Wave page, using Soft Pot 4. This is similar to the Roland SH-5 LFOs,

  and the System 700 LFO option, to allow “triggered vibrato”, 

  which has the same audible “start” upon every note.

-LFO Square, Saw, and Triangle waves have dynamic shapes.
  Soft Pot 5 on the Wave page will alter them. Note that this is a

  Modulation Destination <grin>

-Vibrato is simple. Enable Mod 1 on each Oscillator and the 

  Mod Wheel will then control the amount of LFO 1 to the Osc.

  This is a “macro” C-Route connection. All of the Mods have 

  dynamic level control potential; press Ribbon to locate the Croutes

  selections. In this case, the LFO to Oscillator pitch routing’s overall

  amount has the Mod Wheel assigned to control it. Any controller,

  Envelope, LFO, velocity, etc. may be assigned. 

Sample and Hold
A module that memorizes and continuously outputs whatever

the input value is, when it receives a Gate from the clock,

that's controlled by the front-panel Rate pot (or from a conditioned

Trigger via the Trig page). Anything in the Modulation Matrix

can be it's Input signal. 

-The default Input is Voice Random, which is a digital noise

  signal. Each voice will see a different S/H output per Gate.

  Use the Global Noise if you want each voice to have the same

  output each time a Gate occurs. (That's like a global LFO; all

  voices have the same response to the one signal.) With Trig ON and 

  TRGSMP: -ON-, the S/H will sample once per Trig. With Vox Key On 

  Vel as the Trig Source, a new sample will be generated upon each 

  keystrike.

Process
This is the section that allows you to modify the control

signals in Andromeda, from LFOs to the keyboard to velocity,

etc. with a very powerful Tracking Generator. Not only is it 16 steps, the steps are bipolar, can be quantized to equal-temperment note values, and each step can be moved around! They won't move outside of where the neighboring steps are, but you can move all of them around and cluster them tightly in one area if you like, etc.  These features are a gift from the developers/coders, as are the Croutes; they weren’t spec’d and are powerful, creative and much appreciated!

The Engine Optimizer also resides here; this controls the smoothing done to the digitally-sourced control signals that are applied to the A6’s analog parameters, to avoid stepping, zipper noise, etc. In other words, to produce the most analog response available, versus older synths which might stair-step when changing a parameter due to lesser resolution. (The Virus adds a lag to the Filter cutoff control, if I remember correctly, in order to guarantee a smooth response.)

The A6, due to it’s enormous feature set, maxes out the capabilities of the Coldfire processor (and is designed to behave the same when using any amount of Mods), and benefits from a particular amount of smoothing in certain parameters, such as in PWM via LFO, etc. This is a compromise and can be adjusted if it doesn’t suit the user. 

The Osc chip houses the oscillators, PWM, etc., and the Slow settings are recommended for LFO modulation of PW. This may cause a slight slewing of oscillator pitch, as all of the parameters are tied together, and as such is recommended for pads with some amount of audio fade-in. 

The Filter chip houses the Filters and the output VCAs. The Fastest setting will allow for sharper percussion sounds, especially the type produced by analog drum machines and popularized by Kraftwerk, etc. I’ve noted in creating a Minimoog-style sound with Erik Norlander (then the Synthesizer Group manager and more), that the setting just below the Fastest is appropriate, owing to the Minimoog’s relatively slow envelopes. It felt more like the Mini in direct comparison. 

At the Fastest settings, extreme amounts of modulation to Oscillator and Filter frequency can result in detectable stepping and zippering. 

Audio Rate FM, Oscillators and Filters
-Analog Noise can be used as audio into the Filters by selecting

  a Noise Type and Level in the Pre Filter Mix module and

  then turning Soft Pot 8 on that page to Enable Aud In. 

  Noise can also be used to modulate the Filter frequencies. 

  Turn Aud In to Off, press the View button on the Filter(s)

  you wish to modulate, and use Soft Pot 8 to select Ext In.

  The Pre Filter Mix Noise Level pot will then act as an

  attenuator for the modulation. The Mod on this pot will act

  as a dynamic modulator of this route.

-Oscillator modulation of the Filter frequencies is accomplished

  by selecting the Oscillator Wave page(s) and Enabling 

  CV Out, the 8th Soft Pot. This is a per-Oscillator switch.

  Both can modulate Fc simultaneously, but in equal amounts

  that are attenuated by a single control (Soft Pot 7 on Filter 1,

  CV In. You must select Osc CV on each Filter on Soft Pot 8.

  Noise and Osc modulation are allowed simultaneously. 

  Osc CV will soon be a modulation destination on the Filer mods.

-Oscillator to Oscillator audio-rate FM is available. You must

  have a waveform (or more than one) selected on both

  Oscillators for it to function. The Osc 2 FM pot on Osc 1

  introduces exponential modulation of Oscillator 2 by the

  summed output of Oscillator 2's waveforms (includes the

  Suboctaves). Modulation of Oscillator 2 by Oscillator 1 is

  achieved by Enabling a Mod on Osc 2 and selecting Ext->Exp

  as the Destination. Select Offset Only, the first Source in the

  Matrix, and then use the Offset Level to introduce it. Ext->PW

  is modulation of the Pulse Width at audio rates. 

-Noise can modulate Oscillator Pitch and PW; select the Type

  by pressing soft button 5 on any Oscillator page. VCO1 appears

  as well; modulating VCO1's pitch by itself causes it to drop 

  down to sub-audio rates, allowing VCS-3 type space sounds

  when using Osc 1 to then modulate Osc 2's pitch or Filter Freq.

  Note that these paths are dynamic and can be modulated in

  any of the Osc Mods. 

Pre-Filter Mix
Mixes the audio outputs of the Oscillators, their Suboctaves,

the Ring Modulator (which is per voice, and uses the summed

outputs of the Oscillators+Suboctaves as the inputs), the 

Analog Noise or External Inputs, and a modest Filter

Feedback (which basically squares signals up; it doesn't

punch like the Minimoog's.)

-Note that the Suboctave per Oscillator's VCA (volume) is

  prior to the overall output volume VCA of each Osc. You

  have to have the Osc Level pot up in order for the 

  Suboctave to be audible.

-You must have at least one waveform (or the Suboctave)

  selected on each Oscillator to hear the Ring Modulator. The

  raw outputs of the VCOs are run into it, and are not effected

  by the Pre Filter Mix Oscillator Levels.

-Note that currently, having a single waveform selected on each

  Oscillator and setting their Levels to above 50 (or having more

  than one waveform selected at once with a level of 50 or more)

  will cause a “fizzy-sounding” clipping of this buss and will 

  also result in a bit of amplitude intermodulation if there is more

  than one signal present. The clipping is most easily audible on

  monitors that have high-frequency response that is strong out

  to 18 or 19KHz, but will be still be perceptable as an objectionable

  tonal quality, especially when creating darker, warmer sounds.

-When running the Filters in series, especially when creating a

  very tight bandpass response, the overall gain of the Program 

  will suffer. It has been found that bringing two oscillators up to

  a Level of 100 each will compensate and the resultant clipping will 

  not be nearly as audible as in the other Filter configurations. 

Filters
-The button between the Filters allows selection of four modes of

  operation. 

  1. Mix. The combined output of the Pre Filter Mix module is

      sent to both filters, which are in parallel. Each of the Filter

      outputs in the Post Filter Mix section are available. 

   2. Notch. The output of the Pre Filter Mix module is sent into

       Filter 1 only. The Highpass and Lowpass outputs of Filter 1

       are sent into Filter 2 (which must be turned up on the Post

       Filter Mix section). Note that the Filter 1 Bandpass output

       is available on the Post Filter Mix, but that Filter 1's LP and 
       HP Level pots on the Post Filter Mix section are now used

       to determine the(ir) input volume(s) into Filter 2. You must

       have at least one turned up to pass audio. 

   3. Bandpass. The output of the Pre Filter Mix module is sent 

       into Filter 1 only. The bandpass output of Filter 1 is sent into

       Filter 2. Filter 2's Post Filter Mix Level must again be up to

       use this setting. Note that Filter 1's LP and HP outputs are 

       again live on the Post Filter Mix module, in parallel to the 

       output of Filter 2. 

   4. The output of the Pre Filter Mix module is sent into Filter 1

       only. Nothing is fed into the input of Filter 2. This allows

       you to self-oscillate Filter 2 into a clean sine wave without

       modulation from an input signal, and use it as a zap attack, 

       or a '3rd Oscillator' as it will track the keyboard perfectly

       at a Keyboard Track setting of 100 (just turn the Key Track

       pot to select that parameter and then simultaneously press

       the Inc/Dec keys to set it to exactly 100). 

-Filter Bypass is provided to allow you to hear the signal that's

  going into the filters, so you can tune the oscillator's beating,

  to intervals, set Soft Sync, etc. without having to change the

  Filter settings in the process. Don't want to lose a critical

  Fc setting.. 

Post-Filter Mix
Contains the volume pots for each output of the Filters. 

See the above Filter Modes for the conditions in which each

is available.

-The Pre Filter section consists of the direct outputs of the

  Ring Modulator and the Sine Waves from each Oscillator.

  They are unfiltered. This is the Yamaha CS-series trick that

  allows you to add fundamental to a thin filter sound, etc.

  They are sourced prior to the volume controls on the Pre-

  Filter Mix module. They are not pure sines but useful regardless.

-The “fizzy-sounding” clipping that the Pre Filter Mix can produce

  is also possible in the Post Filter Mix, so take care to keep the 

  sum total of all active Filter Levels below 100 (for example,

  Filter 1 BP: 29 and Filter 2: 65). Adjust to taste. It has been 

  found that closing-filter sounds such as dark brass can cause

  this “fizz” even at a Filter 2 Level of 60, when it is the only

  Filter active in the buss. There is gain available in such cases

  at the Voice Mix Level control. 

Envelopes
-The Envelopes have seven stages. You can “defeat” some of these stages if less-complex shapes are desired, such as ADSR, ASR, etc.

 -Creating ADSR, ASR, etc. envelope configurations.
  Setting the Decay 1, Decay 2, and Release 1

  pots to minimum will turn those stages off, and the surrounding

  stages will 'close the gap', resulting in an ASR. Setting Decay 2

  and Release 1 to minimum will turn them off, and their associated

  Level control. 

 -Locking out undesired stages.
  On the Envelope Time pages, Soft Pot 8 Enables a feature 

  called Lock, which causes all stages that are Off at that time to 

  remain Off regardless of their pot setting. All active pots will

  remain active even if you set them to their minimum setting.

  This of course allows you to use the controls as if it were a

  typical analog hardware Envelope, which is especially comfortable

  if you enjoy settings at or approaching zero without worrying if

  you'll disable a stage as you perform. 

-Envelope 1 and 2 are bipolar. 

  Each of the Level parameters can

  be easily set to zero by selecting it and then simultaneously

  pressing the Inc/Dec keys. Of course, if you modulate a volume

  parameter with either Envelope 1 or 2, an Envelope value of 

  zero or any negative number will result in silence. 

-Nine different slopes are available per Envelope stage. On each 

  Time page, Soft Pot 5 will always be used to select which shape

  is desired. To avoid having to move a pot to make it active for

  the selection process and potentially losing a critical value, simply

  use Soft Pot 1, Time, to scroll to the desired stage. On the Level 

  page, pressing Level will also scroll the selection. 

-Each Envelope can be set to multitrigger or legato modes
  (Dynamics page, Soft Pot 1). Legato works in Kbd Mono Mode. 

-Each Envelope has multiple modes of operation, including

  Freerun and Mod-Trig, which allows you to fire the Env from

  the Trigger input. See the Trig page and Soft Pot 7 to select

  the different modes. You'll notice that on Soft Pot 8, there is

  an associated parameter called Trig. You can turn the pot to

  select it's second layer, Retrig, which allows you to have the

  Envelope fire repeatedly from Sources such as LFOs etc.

  Envelope 3 can be Retriggered and Triggered from the Mod Sources,

  but you must play notes to fire as many voices as you desire. 

  You must also change Programs to stop the voices from sounding

  when Env 3 is cyclicly Retriggered. (You can also stop it by pressing

  the Trig button if the setting is Retrig; it will Disable the parameter.)

-Envelope Dynamics are fairly straightforward; press Dynamics. 

  Keytrack will scale all Times across the keyboard. A setting of 100

  is useful to create an open/closed hihat sound using one mono 

  voice. Key Track Base (Soft Pot 4) sets the center point that 

  these parameters scale from. Level Track changes the output level

  of the Env across the keyboard. Velmod introduces velocity

  modulation of the Env level. When set to 0, there is no response

  to velocity and the Env will output it's full Level. Set it to 30 and

  it will output a Level of 70 at minimum velocity; max velocity will

  increase the output Level to 100. 

-Looping Envelopes should be fairly self-explanatory. Any stage

  can be selected as the start and end point of a 'loop'. Soft Pot 3

  sets the number of times that the loop will occur, from none, once,

  to 240 times before it stops looping. Beyond 240 are the Sustain

  and Infinite settings. In Sustain, it will loop as long as a note is

  held. Available Types are Forward, Backward, and RockRoll, which

  alternates Forward and Backward. Smoothing creates a new stage

  between the end point and the beginning. The change from end to

  beginning can be abrupt or if you increase Smoothing, well, 

  'smooth'. Smooth Shape allows the same choice of 9 slopes for the

  Smooth stage as for the rest of the stages. 

  Looping envelopes will also produce LFO-style waveforms, and will

  also exceed the LFO rates at the selected Envelope destinations

  (Envelope 2 into Filter Fc, etc.)


–Note that to be able to utilize all of the available Stages in a Loop,

  the Envelope Trigger Mode must either be Freerun or Modtrg. All

  others will not allow the Loop to continue after the key(s) is (are)

  released. 

-To create tremelo, modulate Envelope 3's Level with an LFO. 

Voice Mix

-The Main and Auxilliary outputs are polyphonic and are assignable per Program as well as per Mix Channel. You can use them as four individual polyphonic outputs in Mix mode by panning two Programs hard left and right in the Main and two Programs hard left and right in the Aux. Note that the FX only appear at the Main outputs. 

The individual hardware voice outputs can be used in a number of ways, including having a single Program rotate through them or for predictable monophonic outputs for a bass, lead, or other single-note-at-a-time sound, such as removing a snare drum from the main outputs on a drum machine and only having it appear at the one output jack of your choice. The Voice Mix button Voice Output toggles the individual outputs on and off per Program. This is not exclusive in it’s behaviour, so you can have a sound appear in the Main or Aux outputs at the same time as it appears in the inividual voice outputs. 

Monophonic Programs with Individual Outputs:

Since the A6 uses dynamic voice allocation, and the individual voice outputs are hardwired to each monophonic voice chip, you need to 

select Mono in the Keyboard Mode section, and then use

Soft Pot 4 to select which hardware voice you want to use.

That mono voice will (of course) appear at it's own voice

output. Note that you have to press the Mono/Poly button twice to change the mode; one press will call up the associated page for editing. This is to ease the use of this section as it has no View button. 

A special effect may be created by sending each Individual Output to an external mixer, and panning them individually. The signals will be output depending upon the Keyboard Mode assignment. From the A6 manual, Page 59:

LOWEST: This will always play the lowest available

voices.

ROTARY: This assigns new notes to the 16 voices so that

all voices are used in turn. 

The Analog Distortion and Digital FX sum into the

Main Outputs only (the FX are a sidechain with sends to

them from each voice chip. They are not 'in line' with the

analog signals that go to the Main Outputs. In other words,

the summed outputs of the voices to the Mains do not go

through anything digital.)

Digital FX
-The Pan control is used to determine the signal input level

  to any dual effects configurations. It has no effect on single

  or serial effects. 

-Individual sends to the effects are possible in Mix mode. Simply 

  select the Mix channel you want and press Config and set the send 

  level you want (and repeat for each channel). 

Analog Distortion
-You must switch TOMAIN “ON” to use it. Turn on the TODFX sends

  if you want the output of the Distortion to be sent into the Digital

  effects. These routes are independent and can be used in any 

  combination. 

  Erik Norlander related that subtly using the distortion only in the 

  DFX send, and not to the Main outs, adds character to the reverb, 

  etc.

Mix Mode

-The 'Soft Pot' number 3, MIDI Channel, selects which

  Mix Channel Andromeda's keyboard will play as Local.  

-To select a Program in a Mix Channel, select a Mix

  and then click upon the desired Channel button

  (1->8 Shift 9->16). A flashing LED will indicate whether

  the channel is active. Channels respond the same

  way as Mods; click once to select, click twice to

  Enable. Then, press Soft Button 6, "Prog". You are

  now on a page where you can enter the Program

  via the numeric keys or by pressing Soft Button 2,

  "Directory" and scrolling through it, or by using the Bank, Program 

  Group and Program Number buttons. . 

-Programs are live on the front panel upon Mix 

  Channel selection, and can be edited while the

  other Channels play. You may edit all Programs

  in a Mix as there are (of course) 16 edit buffers.

  You may Store an edited Program back to it's 

  Program Bank location by simply pressing Store

  twice. You can only store the edited Program if you are on a page

  that is directly related to the Program; if you see Mix-level

  parameters in the display and press Store, you will see a prompt

  relating to Storing the Mix. 

-You may solo a Mix Channel by pressing SOLO (soft button eight  

  when on the top Mix level).

-Effects are per Mix, and can be Copied from Programs

  or other Mixes. They are not selected through their

  associated Program's Channel as on the QS series. To Copy the FX

  of a Program into a Mix, press Store once, press soft button three

  “COPY”, use soft pot one to select what you want to Copy, use soft

  pot two and three to select the Bank and Program you want to Copy

  from, press Copy and then press Store to finish the procedure.

-Effects are created in a Mix in the same manner as

  in Program, by using the Effects buttons and pages.

  However, the Send and Pan settings are -per 

  Channel-. Select different Channels and enter the

  desired send amount for each selected Channel in the FX window. 

-A Program Change on a MIDI channel will change

  all Programs that share that channel. There will

  be a Prog Chg parameter in the CNTL page of each

  Mix Channel which will allow defeating Prog Chgs

  if so desired. 

Arpeggiator and Sequencer

-

External Audio and CV Inputs
-You are responsible for setting the correct level into the audio

  inputs as there is no trim available. If you match the level of

  the factory Programs, you’re in the ballpark. A direct output 

  from a CD player’s line out will require attenuation. Note that

  there are Schmitt Triggers on the Voice 15 and Voice 16 audio

  inputs that are scanned by the microprocessor and then appear

  in the modulation Source list about three-quarters of the way 

  down as EXT TRIGGER1 and 2. These are useful as triggers for

  the Envelopes, as evinced by factory Program User 124, 

  “AudInV16->EnvWah”. Set the level of your audio source so that

  it regularly fires the Envelope and you’re set to send it into any

  of the audio inputs. 

-The Voice 15 and Voice 16 inputs are of course separate and can 

  be used in any Programs desired. To process in stereo, two 

  Programs must be created using each input, selected in Mix mode 

  and set to the same MIDI channel to be played simultaneously

  from the keyboard, and also panned hard left and right. 

-Selecting the V15 and V16 audio inputs automatically turns off

  the oscillator audio to allow concentration on the input signals.

  The V1-16 input blends the external audio input along with the

  oscillator signals for each voice. Factory Programs User Bank

  numbers 120 through 123 inclusive take advantage of this path.

  Be sure to play across the keyboard as the filters are set to track

  the keyboard, in the same manner as with the factory Program

  045, Resonatorr. Hold several notes across the keyboard and then

  hit the sustain pedal. Now use the wheels and ribbon to alter the

  overall filter frequencies and hear up to 16 resonant filter pairs

  sweep across their entire spectrum. 

-The Voice 1->16 audio inputs have no trigger associated with them,

  so if you want to trigger sections of the synth from the audio level

  of the 1-16 input, you’ll have to use a “y” cord or other method to

  simultaneously feed into the 1-16 input and one of the other 

  external audio in jacks and utilize it’s associated Schmitt Trigger.

-Moog once produced (and Modusonics.com still produce) a “String

  Filter Synthesis” unit; a number of bandpass filters tuned to specific 

  frequencies with specific resonance amounts will imply the 

  resonant characteristics of a violin and other stringed instruments.

  As the A6 provides 32 dynamic, resonant filters, all you’ll need is

  a Google search for “Violin Body Modification” and you’re on the

  way. This should also be useful for both open and closed-pipe 

  resonant synthesis. 

  You should allocate 16 Program locations for this task and use the

  ALL external audio input. Set each pair of filters as indicated and

  create a Mix to sum the results. Use the Distortion and DIGFX to 

  taste if desired. Modulate all of it with the ribbon… 

-The external CV inputs are assignable per Program to any of the

  available individual destinations:

  -Oscillator 1 Linear FM amount from Oscillator 2

  -Oscillator 1 Exponential FM amount from Oscillator 2

  -Oscillator 1 Pulse Width

  -Oscillator 2 Exponential FM

  -Oscillator 2 Pulse Width

-Note that selection of the Oscillator CV input negates the 

  availability of the analog noise path to the same oscillator

  destinations. 

-Note that Andromeda’s Oscillators and Filters can be swept

  across their entire range by relatively small amounts of

  external voltage. 

-Note that this control path is not capable of being calibrated

  by the microprocessor and that there will be audible variance

  between voices when using it. Optimization can be done by

  using an input voltage that swings between zero and five volts

  DC. For repeatable behaviour, use a particular Voice in Mono mode

  and set the input amount to best function with your external 

  gear. 

To set up continuous Oscillator modulation:

-Press the OSC button in the External Inputs section.

-Select a Mod in the target oscillator and select a Destination

  with the EXT-> signifier. 

-Turn up the OFFSET to pass the external signal.

To set up dynamic Oscillator modulation:

-Press the OSC button in the External Inputs section.

-Select a Mod in the target Oscillator(s) and select a Destination

  with the EXT-> signifier.

-Leave OFFSET at zero; select a Source such as VOX KEY ON VEL

  and then set a LEVEL. The Source will modulate the amount of

  External CV signal to the selected Destination.

To set up continuous Filter modulation:

-Press the FILTER button in the External Inputs section.

-Select the target Filter(s) by pressing View and then highlighting

  the EXT IN parameter by turning soft pot 8, the CV SRC pot.

-The Pre Filter Mix Noise/External pot controls the amount of

  Filter cutoff modulation. 

-Note that the analog noise cannot be used as a signal source

  into the Filters when using the external Filter modulation CV

  path. 

-Note that this control path is not capable of being calibrated

  by the microprocessor and that there will be audible variance

  between voices when using it. Optimization can be done by

  using an input voltage that swings between zero and five volts

  DC, using a single Voice in Mono mode Program.

Ribbon Controller
-“Ribbon Value” (mod matrix source) covers the entire range of the

  ribbon and goes from 0->100 across its range. 

  Since the ribbon is scanned from both sides simultaneously, you can

  do 'hammer-ons', and introduce new values by playing it with two

  fingers etc. 

-“Ribbon Right” and “Ribbon Left” are used to output the   

  different scanned ranges on the ribbon (bottom and top values).

Setting up LFO, S/H, and Envelope Triggers:
LFO:

-The LFO's Clock (Rate knob) will start upon each keystroke if 

  VOXTRG: ON VOX. 

-Turn FREERUN: -ON- and the LFO will be cycling upon each note but 

  the phase will be free-running. 

-If VOXTRG: ON TRIG and TRIG: ON and Freerun: OFF, then the Clock 

  will start upon the first received Trigger from the Mod. 

-Add Freerun and the LFO will start clocking but it's phase will be 

  self-determined. 

-Note: Any Triggers received after the Clock starts, when the LFO is –

  not- in Freerun, will reset the LFO's phase to the position 

  determined by the Phase parameter. 

-To have an LFO in Freerun and always have it modulating--Trig: Off, 

    VOXTRG: ON VOX, FREERUN: -ON-. 

-To start the LFO clocking upon a Trigger--Trig: On, VOXTRG: ON TRG, 

   FREERUN: -ON- or -OFF-. 

-To start the LFO upon each keystrike beginning at the same phase 

   point: Trig: Off, VOXTRG: ON VOX, FREERUN: -OFF-. 

SAMPLE AND HOLD: 

-As with the LFO, a Trigger can either start the Clock (Rate knob) and 

   subsequent Triggers reset it's cycle, or have the Clock off and use 

   Trig to initiate single samplings of the S/H Input Source. 

-To have the S/H Clock start upon each keystrike--Trig: Off, TRGSMP: 

   Off, VOXTRG: -ON-. 

-To have the S/H Clock start upon a Trigger and reset it's Clock cycle 

   upon each subsequent Trigger: Trig: ON, TRGSMP: Off, VOXTRG: OFF, 

  and choose your Trigger Source.

-To have the S/H initiate a single sampling upon a Mod Source 

   Trigger: Trig: ON, TRGSMP: ON, VOXTRG: OFF

ENVELOPES:

There are two levels of Triggering on the Envelopes. Trigger, the top level, allows firing the Envelope once from the keyboard or any other Mod Source. Pressing the Envelope Trigger button twice Enables this function. 

Note: The keyboard will continue to be the only Trigger until you change the Mode (soft pot 7) to MODTRG or MOD-TG (the latter includes Conditioned Sustain). It is not possible to have a Mod Source set up to Trig an Envelope but have Trig: OFF, play the keyboard, and Press Trig to Enable the Mod Source, thus switching from keyboard Triggering to Mod Source Triggering. You must change Mode to allow this. 

ReTrigger, which allows you to fire the Envelope again (and again) AFTER the first Trigger has been received (via the Keyboard or any Mod Source) is found by turning Soft Pot 8 to the right. The text and parameters update to ReTrig. This allows for several different options. If you wish for an LFO (for example) to Trigger and then ReTrigger an Envelope, simply set the Source to that LFO in the Trig and ReTrig pages, and set the Level and Polarity the same on each page (or differently :)

Note: Only one Trigger Mode is allowed; it is global for Trig and ReTrig.

Polarities:

Positive: The rising edge of a Trig Source is used to Trig.

Negative: The falling edge.

Bipolar: Both are used; nice for double-clocking effects where the Env

   fires twice for each LFO cycle, if LFO is the Source.

The three Absolute Polarities rectify any bipolar Trigger Sources.

Note: MODTRG Mode is similar to Freerun, in that when Triggered, the

Envelope will run through it's entire shape. MOD-TG includes Sustain.

This Sustain is Conditioned by the setting of the Polarity parameter. If Polarity is Positive and MOD-TG is the Mode, then a single positive-going Trigger will fire the Envelope, which will remain in it's Sustain phase until -another- positive-going Trigger is detected. To have the Mod Wheel, for example, be the Trigger, and for the Envelope to fire and enter Sustain for as long as the Mod Wheel is held above the threshold Level and for the Envelope to stop Sustaining and enter Release when  the Mod Wheel is lowered below threshold, use the Bipolar Polarity. Up above threshold Level: Fires and Sustains; Down below threshold Level, Envelope enters Release. This of course holds for any Trigger that exhibits duration. 

