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SECTION 01

The Big Idea: What is Universal Mixing?

Imagine you had a map of exactly where every instrument in a song is supposed to sit —
not just left and right in the stereo field, but how loud each one needs to be. Not a rough

guess. A precise address. That’'s what Ayaic calls Universal Mixing.

The founder, Menno, spent decades as a studio engineer and studio designer before
having a revelation: everything we hear is noise. Just like the spectrum of light governs
everything we see, the spectrum of noise governs everything we hear. White noise, pink
noise, brown noise — these aren’t just hiss and static. They are the mathematical

foundation of all sound, and they follow perfectly predictable rules.

Menno calls his plugins “Ul plugins” — not Artificial Intelligence, but Universal
Intelligence — because they run on universal rules that have always existed in sonic
energy. Every mix you’ve ever heard was already following these rules. Ayaic just

makes them visible and actionable.

THE CORE PROMISE

Universal Mixing breaks the mixing process into two things: (1) balance your noise
elements to the spectrum of noise (that's COS Pro’s job), and (2) level everything using
universal level-plane rules (that’s MLP / Mix Monolith / M3’s job). Do both of these well

and your mix will essentially mix itself.
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SECTION 02

Level-planes - The Only Numbers You Need

Think of a skyscraper. Each floor is exactly 5 stories apart. Instruments don't live
wherever they feel like it — they each have a designated floor. This is the concept of

level-planes.

In practice, level-planes are specific LUFS values spaced 5dB apart. When you set any
track to one of these values, it is “on it’s level-plane.” The beautiful thing is that once
you understand what each plane means, you never have to guess where to put an

instrument again.

PLANENAME  TARGET LUFS WHAT LIVES HERE

Top -22 Lead vocal / solo instrument. Always 3dB above everything

else so it floats on top of the mix.

Primary -25 Main foreground elements: kick, snare, bass, guitars, keys,
main synths. The “loudest floor” for instruments.

Secondary -30 Supporting instruments you want heard clearly but slightly

1 behind the primary elements.

Secondary -35 Hihats, rhythm guitars, pads, background elements. Still

2 clearly audible but receding.

Transparent -40 Reverbs, delays, drum overheads, room mics. You feel them
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1 more than you hear them. 0.2dB increase in overall volume.

Transparent -45 Sub-enhancement layers, micro-pitch effects, very light
2 ambience. Barely any impact on loudness.
Neutral -50 Elements you want to sense as texture but contribute almost

Zero volume increase. Dance music FX, deep reverb tails.

KEY INSIGHT FROM MENNO

“Everything is sitting on a level-plane. All of my faders are at zero and everything is at -
25, -30, -35, -40. If level-planes didn’t exist, this would not work — not one single time.
But it will work over and over because level-planes exist. This is how the universe deals

with sonic energy.”

The hardest part of adopting this system, according to Menno, is accepting that you
never actually needed faders in the first place — other than riding a long note at the
tail end of a word, leveling out a noise element, or fading out a song. Level-planes are

all you’ve ever needed for a finished mix.

SECTION 03

The Laws of Three and Five
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These are two universal rules that make the entire Ayaic system possible. Menno
proved them scientifically with noise generators and meters, but here’s what they mean

in plain English.

The Law of Three

When any two different sounds play together at the same time, on the same LUFS level,
the combined volume increase is always 3dB. Not 2, not 4 — always 3. This is a law of

the universe.

Why it matters: This is why your lead vocal sits at -22 LUFS instead of -25. Everything
else is at -25. This ensures vocal your plays over the mix — especially when you'’re
aiming for a clean, dynamic, and listener-friendly result. If two guitars are double-
tracked and playing together at -25, they’ll be 3dB too loud together — so you drop each

one to -28 (-28 + -28 = increase of 3 = sits at -25). Simple.

The Law of Five (Five Controls Three)

This is the more mind-bending one. That 3dB increase from two elements playing
together is controlled by exactly five level-planes (25dB) of separation. If you take
one of those -25 elements and drop it five planes down to -50, the combined increase of
volume drops to zero — you can still hear the element, but it adds nothing to the

loudness.
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Why it matters: This is how you set your reverbs and effects. Start your reverb at -40
(three planes below your source at -25), and it will be transparent — felt, not heard. At
-35 (two planes down) it starts to be its own sonic entity. At -30 (one plane down) its

fully its own element. This is a decision tree, not a guessing game.

5 CONTROLS 3 VOLUME INCREASES

Level-plane 1 Level-plane2 dB Increase

-25 -25 3dB
-25 -30 1.2dB
-25 -35 0.4 dB
-25 -40 0.2dB
-25 -45 0.1dB
-25 -50 0dB
What About 6dB?

You may have heard that doubling sound increases volume by 6dB. That’s technically
true — but only when the two sounds are in perfect phase alignment. In a real mix, no
two tracks ever achieve perfect phase, so the 3dB rule dominates. If you ever do get
6dB (two identical samples playing in phase), a tiny pitch or timing shift will bring it right
back to 3. This anomaly — “perfect stability doubles the energy of chaos” — is real but

irrelevant in practice.
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SECTION 04

Noise Colors - The Language of COS Pro

Noise colors are the core vocabulary of Ceilings Of Sound Pro. They describe the tonal
shape a sound should follow — its spectral slope — and they’re what COS Pro’s ceiling

lines are built from.

Think of it this way: if you took any well-mixed element in any professional track and put
it on a spectrum analyzer, its overall shape from low end to high end would closely
follow one of these noise slopes. The shapes aren’t random — they’re the natural tonal

profiles of sound in the physical universe.

White Noise
OdB/octave. Perfectly flat. Used for full-spectrum balancing and speaker tuning. Very

bright instruments.

-1.5dB/oct

Between white and pink. A slight weight. Bright vocals, full hats, airy elements.

Pink Noise (-3)
-3 dB/octave. The most natural shape for most instruments. The “flat room response”
standard.

-4.5 dBfoct
Between pink and brown. The sweet spot for lead vocals. More weight than pink, less

dark than brown.
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Brown Noise (-6)
-6 dB/octave. Warm, heavy, low-dominant. Bass guitars, bright kick drums and toms,

low-end elements.

-7.5dB/oct
Very heavy low end. Sub bass, full kick drums and toms, deep rumble elements, heavy

low-pass rolloffs.

9,-12,-15...

Increasingly steep rolloffs. Used for high-frequency cutoffs and extreme tonal shaping.

Inverted (+1.5, +3...)
Noise sloped upward. Used to add brightness, air, or presence to an existing element

without manual EQ moves.

FREQUENCY COLORS (BONUS)

Menno also developed a system of primary, secondary, and tertiary frequency
colors based on doubling the value of pi (3.14 — 6.28 — 25.12 — 50.24 — 100.48...).
these numbers correspond to the natural harmonic anchor points in the frequency
spectrum — the frequencies where EQ moves have the most musical impact. You'll

recognize them as the classic breakpoints on professional hardware EQs.

8|Page




SECTION 05

Ceilings Of Sound Pro - Deep Breakdown

HYPER-EQ Ceilings of Sound Pro (COS Pro) The world'’s first noise-driven EQ

COS Pro is not a normal EQ. A normal EQ lets you cut or boost specific frequencies.
COS Pro instead shows you the noise-based shape that your sound should follow,
then does the EQ work to conform your sound that shape. You’re not adjusting
frequencies — you’re sculpting the overall tonal profile of an element to match a noise

ceiling.

Menno’s analogy: a ceiling is a line drawn across your spectrum. Anything above that
line is “out of balance” with the noise plane it should follow. COS Pro makes those

ceilings visible and lets you use them to drive your EQ decisions.

The Core Workflow (Step by Step)

01 - DECIDE WHERE COS PRO LIVES IN YOUR CHAIN

COS Pro does not have one fixed position — it goes wherever you need to
enforce noise-slope balance. There are three valid placements, and you can

use all three on the same channel.

Option A — First in chain (raw audio): Place COS Pro before your

compressor and any other EQ when working with an unprocessed recording.
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This feeds every downstream plugin a tonally balanced signal from the start.
Compressors react better, tape emulators saturate more musically, and
you’re not printing tonal problems deeper into the chain. This is the most

common starting point.

Option B — After a hardware EQ emulation: If you want to use a Pultec,
neve, Chandler, or other analog-emulation EQ for color first, place COS Pro
after it. Use the hardware emulation boldly to get the character you want,
then let COS Pro correct whatever it got imprecise. You get the tone of the

emulation plus noise-slope accuracy.

Option C — After compression (finalize): Compression changes the tonal
balance of whatever it processes. A second COS Pro placed after the
compressor corrects that drift and locks in the final noise-slope shape. This is

the approach Menno uses on vocals.

All three can coexist on a single channel. (1) COS Pro first - compressor —
COS Pro again to finalize. (2) Hardware emulation for color — COS Pro -
compressor — COS Pro again to finalize. The rule is simple: use COS Pro
wherever tonal balance needs to be addressed.

02 - HIT PLAY - LET IT LEARN (FREEZE)

Press play on your DAW and let COS Pro listen to the track until the spectrum
analyzer display settles into a stable shape. Then hit Freeze. Now COS Pro

has a snapshot of exactly what your sound looks like spectrally.

03 - AUTOGENERATE CEILING

Click Autogenerate Ceiling. COS Pro will analyze your frozen spectrum and

automatically draw a multi-segment ceiling line that follows the shape of your
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sound using noise slope values for each segment. You'll see “elbow-points” —

moveable joints — where the slope changes.

04 - ADJUST THE CEILING TO YOUR TARGET NOISE SLOPE

This is the creative step. Using the noise guide lines on the right side of the
plugin as reference, drag the ceiling segments to match the noise slope you
want the instrument to follow. For most lead vocals, aim for -4.5 dB/octave.
For electric bass, aim for brown (-6) or -7.5 dB/octave (deep bass). For a full
spectrum master EQ pass, aim for pink (-3) — (modern mastering engineers
often use a combination of pink and brown slopes with an elbow-point at
300hrz, 500hrz or 1Khrz).

05 - CLICK “CONFORM SPECTRUMTO CEILING”

This is the magic button. COS Pro generates an EQ curve (the blue line) that
reshapes your sound’s spectrum to match the ceiling you just set. The white
line (your actual spectrum post-EQ) should now follow the red ceiling line.
Your sound has been tonally balanced to the noise spectrum.

06 - FINE-TUNE WITH THE BUILT-IN EQ
COS Pro includes a 31-band or 50-band EQ. Once the broad tonal shape is

set by the ceiling/conform process, you switch to EQ Edit Mode to make fine
adjustments. This is where most of the confusion happens - see the d—tailed
breakdown below the steps for a full explanation of how Menno thinks about
and uses the EQ.

Key controls: drag individual bands to push your spectrum line toward or
away from the ceiling. Hold Ctrl or Alt to select multiple bands and move
them together as a group. Double-click any band to reset it to zero. Hold Alt
then click multiple bands to select a range, then reset or move them all at
once. Unlimited undo/redo is available(v0.6.4).
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07 - OPTIONAL: BLEND WITH THE MIX KNOB
New in v0.6.4 and higher — the Mix knob lets you do parallel EQ. At 0%

there’s no effect: at 100% it’s full COS Pro. If the conform result sounds too
heavy-handed, blend it back to taste. This is especially useful on dense

arrangements where you want subtle tonal nudges rather than full reshaping.

Deep Dive: How Menno Actually Uses the EQ Bands

This is the section most people struggle with, because COS Pro’s EQ is nothing like a
traditional parametric EQ. There’s no Q knob, no boost/cut readout, no sweep
frequency display in the traditional sense. That’s completely intentional — and once you

understand why, it all clicks.

THE INFINITY PRINCIPLE - WHY THE EQ WORKS THIS WAY

Menno built COS Pro around what he calls the Infinity principle: if you want to
understand a complex shape, first break it into an infinite number of simpler parts and
analyze those. By analyzing and understanding these simpler parts, it is then easier to
understand the full complex shape. COS Pro applies this to sound. Your instrument’s
spectrum is a complicated, wiggly curve. Instead of trying to EQ that whole curve at
once — which is what traditional EQs ask you to do — COS Pro breaks that curve into up
to 15 individual segments, each of which follows a straight noise slope line. Each
segment is its own simple noise ceiling. You deal with each segment section
independently. Together they reconstruct the whole complicated curve, but you never

have to fight the whole thing at once.
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This is also why there’s no Q knob. Q is not necessary. In a traditional EQ, Q controls
how wide or narrow a boost or cut is. But in COS Pro, you’re not boosting or cutting
relative to some arbitrary starting point — you’re moving your spectrum to align with a
noise slope that is, by definition, perfect sound. There’'s no “wrong” width because
you’re always moving toward noise. This means it’s virtually impossible to make it

sound bad.

THE GENERAL CONCEPT: YOU ARE MOVING THE SPECTRUM LINE, NOT THE EQ CURVE

This is the single biggest mental shift. In a traditional EQ, you look at a curve and ask
“how should | shape this EQ?” In COS Pro, the spectrum line is the EQ. When you
move an EQ band in EQ Edit Mode, you are watching your sound’s spectrum move in
real time. You are not shaping an EQ — you are literally shaping your sound’s spectral
balance directly. The goal is simply: make the white spectrum line match the red

ceiling line. That’s it. That’s the whole EQ process.

THE TWO MODES AND WHAT THEY DO

Ceiling Mode is where you set up your target noise slopes — the red ceiling lines. This
is the “what do | want the sound to be?” mode. You’re arranging noise ceiling segments,

moving elbow-points, choosing slopes from the guide overlays.

EQ Edit Mode is where you actually do the EQ work. When you click and drag a band
here, you see the white spectrum line move. Your goal is to move the spectrum line until
it follows the red ceiling lines and/or noise guide line. One line matching the other.

That's the finish line.
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CONFORMING EQ VS. MATCHING EQ - A CRITICAL DISTINCTION

Menno draws a sharp line between COS Pro and a matching EQ, because this
distinction explains why COS Pro always sounds right and matching EQs sometimes

don’t. Here’s his analogy:

Imagine a pink pegboard on the left with holes cut in the shapes of a star, square, circle,
hexagon, and triangle — in that order. On the right is another pink pegboard, but the
holes are in a different order: square, triangle, star, hexagon, circle. A matching EQ
tries to take the shapes from the left board and push them into the holes on the right
board — it takes the 300hz star and tries to push it into the 500hz square hole. That
doesn’t work. The result sounds off, because it's forcing the wrong shapes into the
wrong holes. It only sounds right at the frequencies where the holes happen to line up —
which is why matching EQs are sometimes great and sometimes “something just

sounds off.”

A conforming EQ like COS Pro ignores the shapes and the holes entirely. It only cares
about the color of the board. The board is pink — pink noise. As long as each section of
your spectrum follows the correct noise slope (the correct “color”), it will always sound
right, regardless of what the specific frequencies are doing. This is why COS Pro can
never make your sound bad. You're not fighting frequencies — you're painting with

noise.
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YOU SEE BETTER WITH YOUR EARS - YOU HEAR BETTER WITH YOUR EYES

This is Menno’s core explanation for why you never need to sweep for frequencies in
CO Pro, and why COS Pro lets you work efficiently in any environment — including
silence. Imagine an airplane flying overhead. You can’t see it against the blue cloudless
sky, so you begin triangulating its position using your ears. Once you know exactly
where it should be sonically, you then engage your eyes until you see it. - You see
better with your ears. Traditional EQs require sweeping because you can’t see what
your adjustments are doing to the sonic spectrum — your sound. COS Pro gives you a
visual spectrum display, so you can see exactly where your key frequencies are. You no
longer need to sweep. As Menno says: “/ haven’t swept for frequencies in years.
There’s really no point. Noise will always show you what it is.” The spectrum display is
your triangulation tool. Engage your eyes and you'll instantly know where everything is.

— You hear better with your eyes.

THE FOUR RULES OF NOISE

Menno states these explicitly in the Elbow-points video. They are the philosophical

foundation of the entire COS Pro process:

1. Noise will never sound bad. Any sound conformed to a noise slope will always
be tonally balanced. It will never sound bad — only different.

2. Noise will always show you what it is. Look at any spectrum in COS Pro and
the ceiling — the noise slope it wants to follow — will be visible. The sound reveals

itself to you.
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3. Noise doesn’t care what color you use. Pink, brown, -4.5, white — any noise
slope produces a valid, musical result. Your choice of color is an artistic decision,
not a right-or-wrong one. You cannot make a mistake.

4. Noise doesn’t care about genre. A vocal in a ballad, a bass in a hip-hop track,
a synth in a dance song — they all follow the same universal rules. The elbow-
points and slopes repeat across every genre, every instrument, every session.

Because, everything we hear is just noise.

ELBOW-POINTS - THE PRIMARY BLOCK AND SECONDARY BLOCK

The ceiling is made up of multiple segments connected by elbow-points — the joints
where one slope ends and another begins. You create one by clicking anywhere on the
ceiling line. The critical insight Menno drives home in the Elbow-point video: elbow-
points are not arbitrary, and you only need a small handful overall to EQ anything

perfectly, regardless of genre or instrumentation.

Menno organizes usable elbow-point frequencies into two tiers, both derived from the

universal rules of 1, 3 and 5.

The Primary Block: Built around the numbers 1, 3, 5, 8, 15 and 9. These expand
across the spectrum as: 30 - 50 - 80 - 90 - 100 — 15 — 300 — 500 — 800 — 900 — 1K —

1.5K-3K-5K-8K-9K - 10K - 15K

The Secondary Primaries: Built around the numbers 2 and 4. These expand across

the spectrum as: 20 — 40 — 200 — 400 — 2K — 4K — 20K
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Secondary Block (fine tuning only): The values between primary points — 62.5hz,
11.2K, 12.8K, etc. These are reached by stepping one increment up or down from a

primary point in the COS Pro interface using the scroll wheel or arrow keys.

MENNO’S RULE ON HOW MANY YOU ACTUALLY NEED

“The hardest part is accepting that these universal rules and elbow-points exist. But
once you do, you're going to see them over and over. You're going to go, ‘Wow, it’s
basically the same thing regardless of instrumentation.” You're going to end up using
just a handful of them. You’ll see the same slopes and same elbow-points every
session. It doesn’t matter if it's a guitar or a soundtrack string — they’re basically the

same. This process is actually really easy.”

FREQUENCY  TIER WHY IT MATTERS/TYPICAL USE

30-50 Hz Primary * Sub-bass rolloff territory. Steep slopes (-7.5 to -22.5)

below here for most instruments except kick and bass.

80-90 Hz Primary Where kick drum body lives. Transition point between

sub and body on bass guitar.

100 Hz Primary * Beginning of “body” on most instruments. Common low-

end elbow for guitars, keys, and vocals.

150 Hz Primary Vocal chest resonance check point. Used to set how

much chest weight a vocal carries.
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200 Hz Secondary Secondary primary — use sparingly. Can be “wonky” per

Primary Menno. Used for vocal chest top end and bass carve
transitions.
300 Hz Primary * Most common natural elbow in real-world sounds.

Chest/body transition for vocals. Woody/body of

percussive instruments. Use here constantly.

400 Hz Secondary “Boxy” frequency. Often where carve-outs happen to
Primary remove hollow, boxy coloration from congas, guitars,

keys.
500 Hz Primary * Midrange transition. Muddiness zone. Very common

carve-out anchor for bass, kick, and vocal lower mids.

800 Hz Primary Upper midrange body. Presence build-up point. Used for

carve-outs on congas and woody instruments.

K Primary * The mid-presence boundary. Vocal throat-to-nose

transition. Guitar attack definition. Use here constantly.

L5K Primary Presence bump anchor. Used to add or remove presence
on vocals, bass, and guitars by going up or down one

slope from this point.

2K Secondary Presence peak for bass guitar. High-mid transition on
Primary most instruments.
3K Primary * Stick/pick/beater attack zone. Guitar pick transient.

Vocal “nose” top end.
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4K Secondary Marks the beginning of “harsh” vocal sounds. Adding

Primary “beak” to a rock/metal kick drum.

5K Primary * Presence-to-air transition. Where clarity becomes

brightness. Vocal air begins here.

8K-9K Primary Hi-hat body and cymbal shimmer zone. High-end rolloff

Start point for most instruments.

10K Primary * Air and shimmer. Overhead sparkle, acoustic guitar, vocal

air extension.

I5K-20K Primary Final rolloff anchor. Sets the steepness of the high-

frequency shelf.

DOWNLOAD THE PDF

Menno mentions in a video that a free PDF called “Understanding Primary Elbow-point
Frequencies” is available on the Ayaic downloads page. It lists every primary elbow-
point frequency with its sonic characteristics, audio terminology, and practical uses.
Download it and keep it open while working in COS Pro — it tells you what each

frequency “sounds like” so you know which elbow-point to reach for without guessing.

THE BLUE LINE GUIDE TRICK

There is a thin blue horizontal line that runs across COS Pro’s display at all times —
even when no guide slope is active. Menno reveals that you can use this blue line as a

white noise reference with having to activate the white noise guide overlay. Since white
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noise is a perfectly flat line, and the blue line is also perfectly flat, they are functionally

identical as a visual reference.

Practical use: set your guide crossover point (the frequency where your slope guide
crosses the blue line) and use the blue line as your visual anchor for where white noise
lives. This is useful for instruments with a flat or rising low end — you can see exactly
where the spectrum rises above or falls below white noise without toggling the guide

overlay on and off.

DON'T FLATTEN EVERYTHING - LET NOISE SHOW NATURAL VALLEYS

This is a nuance Menno addresses directly that’s easy to miss: not every dip in the
spectrum needs to be filled in. When COS Pro shows you a natural valley in your
sound’s spectrum, that valley is often part of the instrument’s character — something that
was there when you recorded it because you liked the sound. Flattening it out removes

what made the instrument itself.

Menno’s guidance: when you see a natural valley, ask yourself if it's a problem in the
mix context. If it isn’t — leave it. Noise will show you what it is. The fact that it followed a
natural valley means it’s following noise. Only correct what’s actually problematic when

you hear it in the full mix.

HOW TO READ WHAT THE SOUND IS TELLING YOU

One of the most liberating things Menno says in multiple video transcripts: “Noise will
show you what it is.” When you bring up a guide lope and the spectrum line is already
close to it, that’s the noise color the sound naturally wants to follow. You’re not imposing
a shape — you're revealing the shape that was always there. It's up to you if you wish to
leave it there or adjust it to a different noise color.

The practical process looks like this when doing it manually (without autogenerate):
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Step A - Find the overall slope. Bring up different guide slopes and see which one the
majority of your spectrum already follows. Over time, Menno says, you'll start seeing the
ceiling before you even bring it up — you’ll look at a spectrum and just know: “that’s -4.5”
or “that’s brown.” Trust that instinct when it develops.

Step B — Add elbow-points only where the slope changes: if the overall slope fits
but one section doesn’t, add an elbow-point at the nearest primary block frequency in
that region. Set the slope of each segment independently. You'll rarely need more than

a handful of elbow-points for any instrument.

Step C - After setting the ceiling, switch to EQ edit Mode: If any part of the
spectrum line isn’t sitting on the ceiling, grab the EQ bands in that region and nudge
them. You're just making one line match the other. No sweeping, noQ decisions, no

guesswork.

THE 200Hz SCOOP TRICK - A PRACTICAL EXAMPLE OF BAND ADJUSTMENT

Menno demonstrates a specific technique for kick drums that shows clearly how band

interaction works. Here’s the process verbatim from the transcript:

KICK DRUM 200Hz SCOOP TRICK - STEP BY STEP

1. Freeze the kick drum spectrum. Bring up the white noise guide (flat line).

2. Find your beater frequency — where the beater attack lives. Or most kicks this is
between 2kHz and 3kHz. Find where your spectrum peak sits in that region and
set its peak on the white noise line.

3. Follow that white noise line to the left (downward in frequency). Where the line
crosses 200Hz — that’s your crossover point. That intersection is the target for
your spectrum at 200Hz.

4. Switch to EQ Edit Mode. Adjust 200Hz to cross the white noise line at 200Hz.

5. From the beater peak downward, apply an inverted pink slope (upward tilt) and
adjust 400Hz so that it lines up with inverted pink at 400Hz — creating a scoop
between 200Hz and 400hz.
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6. Result: a rounder, fatter, more pillowy kick with the same beater punch, because

the 200-400Hz “boxy” zone has been scooped out in a musically balanced way

rather than with an arbitrary Q setting.

7. Note: If you find the scoop too severe for the track, utilize the same method

using pink instead of white, and white instead of inverted pink. The take-away is

that there are planes of noise within noise — these planes still utilize elbow-points

derived from the universal rules of 1, 3, and 5.

Notice what Menno is not doing: he’s not saying “boost X dB at 80Hz, cut 4dB at 300Hz

with a Q of 2.” He’s using the intersection of two noise slopes as a mathematically

meaningful frequency anchor. The scoop amount is defined by the slope difference

between white noise and inverted pink — not by an arbitrary dB amount. This is why the

results always sound musical.

WHAT “FOLLOWING NOISE” LOOKS LIKE BY INSTRUMENT SECTION

From multiple transcripts, here are some of the ways Menno actually thinks about the

frequency regions of the most common instruments — and what noise slope belongs to

each region.

INSTRUMENT/REGION LOW END SLOPE ELBOW-POINT HIGH END SLOPE

Lead Vocal - White or -1.5 300Hz -4.5 through mids
Chest (below 300Hz)

Lead Vocal - -4.5 (300Hz to 1kHz, 5kHz Pink to -1.5 (air above
Throat/Nose -5kHz) 5kHz)

Snare Brown (below 300Hz -4.5 to Pink (above 300

(full/beefy)

300Hz)

Hz)
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Snare -4.5 (below 300 300Hz bring upper freqs up

(bright/rock) Hz) manually above -4.5
Kick/Toms -7.5 overall 3kHz White at beater, scoop
(beater) 200-400Hz

Bass Guitar Brown to -7.5 500Hz - Pink to -4.5 above the
Overall 1kHz midpoint

Guitar Pink or -4.5 1kHz Same or slightly brighter

(rock/pop) overall above 1kHz

Hi-Hat/Cymbals Inverted -1.5 or 1kHz Continue inverted slope
Inverted Pink above 1kHz

USING “PLAYS WELL WITH OTHERS” - COS PRO + HARDWARE EQ EMULATIONS

A technique Menno demonstrates repeatedly in the transcripts: use your existing
analog-emulation EQs (Pultec, Chandler, API, Neve, etc.) to get the sound into the

ballpark — then use COS Po’s Conform to finish it off. The workflow is:

Open your Pultec (or whatever). Don’t worry about being precise — just smash the
settings to get the character and coloration you want. Crank knobs. Be bold.
Experiment. Then with COS Pro placed after it, let it learn the resulting spectrum, freeze
the spectrum, set your target ceiling, and hit conform. COS Pro corrects whatever th
hardware emulation got imprecise, without removing the analog character it imparted.

You get the best of both worlds: the tonal color of your favorite EQ emulations, ith the
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mathematical precision of noise-slope balancing. As Menno says: “Don’t be afraid to

crank on them. Use extreme settings. Get them into the ballpark, then hit conform.”

The Two-Stage Vocal Approach (From the Transcripts)

Menno’s preferred vocal chain is actually two separate COS Pro instances:

Stage 1 (Pre-Compression): Let the spectrum line settle into place. Autogenerate a
ceiling using the secondary block of elbow-points. Adjust the generated ceiling to follow
-4.5 dB/octave from top to bottom. Click conform spectrum to ceiling. This gets the raw
voice into the right tonal shape. Then run it through your compressor. The compressor
will react beautifully because it's now getting a properly noise-balanced signal — that’s
what compressor presets were designed for.

Stage 2 (Post-Compression): The compressor will have changed the tonal balance
slightly. Bring in a second COS Pro to put it back — and refine it to the final target. For
rock/pop vocals, Menno often uses: Brown from bottom to 1kHz, then -4.5 from 1kHz
to 5kHz, then Pink above 5kHz. This creates a natural “chest — throat — nose — air”

balance in the vocal.

The Tilt Feature

Instead of manually adjusting all your ceiling elbow-points to shift the overall slope, the
Tilt feature “tricks” COS Pro into believing it's receiving white noise (a flat line). This
means you can use a single ceiling line to define the target slope for the entire

spectrum. Want to go from -1.5 to -4.57 That’s exactly two noise increments — move the
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ceiling line down two steps, hit Conform. Menno often uses the tilt feature to tilt only a
specific section of an element, or tilt separate sections by different slope values. To do
this, set elbow-points for the section or sections you want to tilt, leave the sections you
don’t want to tilt as white noise (a flat line). This will allow you to tilt only specific
sections - leaving other sections following their original tonal balance. The mix knob

lets you blend the result in for parallel use.

SECTION 06

Mix Monolith - How It Works

LEVEL SYSTEM Mix Monolith The original automatic mixing system

Mix Monolith is the original implementation of level-plane mixing. You place one
instance on every single track in your session. All the instances communicate with each
other and function as one system. Its job: automatically set every track’s volume to its
correct level-plane, getting you 90% of a finished mix with two passes through your

song.

Setup
01 - LOAD IN THE LAST INSERT SLOT
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Place Mix Monolith as the last insert on each track, after all other processing.
(Exception: in DAWs with post-fader inserts like Cubase/Nuendo, use post-
fader slots so it controls volume after all your other plugins and automation

you have run.)

02 - SET ALL DAW FADERS TO 0dB

Remove any existing volume automation. Mix Monolith takes over level

control. Your DAW faders should be neutral.

03 - ASSIGN A PRESET OR TYPE IN A LEVEL-PLANE

For each track, either select a preset (kick drum, snare, lead vocal, etc.) or
simply type in the target LUFS directly: -25 for primary instruments, -22 for
lead vocal, -40 for reverbs, etc. presets do this automatically.

04 - PASS 1 - INDIVIDUAL TRACKS

Return to the start of your song. Press Learn All Channels. Play the entire
song through. When finished, press Mix All Channels. Every Monolith
measures its tracks integrated LUFS and applies the gain needed to hit its

target. All your individual tracks are now on their level-planes.

05 - PASS 2 - BUSES

Now do the same for your stereo buses (drum bus, guitar bus, vocal bus,
etc.). The buses receive the properly-balanced combined energy from the
individual tracks and Learn/Mix to their own targets. Your master fader
Monolith should target around -20 LUFS.

06 - ADJUST & FINE-TUNE

Now you have a balanced mix. Use the Level-plane Fader (+/- plane

buttons) to push elements forward or backward. Use the Fine Trim for minor
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adjustments within a plane. If something still isn’t right. Just type a target and

hit Mix This Channel — it adjusts instantly without re-learning.

Duck/Expand Groups

This is where Mix monolith creates space in your mix with surgical precision. Unlike a
compressor, Monolith’s ducking uses a hard limit — if you set the duck amount to 3dB,
you get exactly 3dB every single time the trigger fires. No attack/release variation, no
overshoot.

Classic example from the transcripts: You have a constant deep bass and a sporadic
saw bass. When the saw bass hits, you want the deep bass to duck by 3dB so their
combined energy stays on the -25dB plane. Set up a group: saw bass is the send, deep

bass is the receive, amount = 3. Done. The mix breathes automatically.

Another example: kick and snare ducking the entire bass bus. Route the kick/snare
group as send, set the bass bus Monolith as receive. Amount = 3dB. Now every time
the kick hits, the bass steps back 3dB so the kick punch comes through cleanly. You

can have infinite duck/expand groups running simultaneously.

Mute Groups

Infinite mute groups let you create automated mute effects — for instance, muting a
reverb tail whenever a new attack hits, or creating rhythmic mute patterns. Completely

separate from duck/expand groups.
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SECTION 07

M3 Mixer- The Evolution

ADVANCED M3 / Master Monolith Mixer All Monolith power, traditional mixer feel

M3 is everything Mix Monolith does, but instead of 30+ separate plugin windows
scattered across your session, you manage everything from one unified mixer window

— side by side, like a real console. It also adds features Mix Monolith never had.

How M3 Works Differently

With Mix Monolith, each track gets its own standalone Monolith plugin. They
communicate, but you have to open them one at a time. With M3, there are two
component types:

The Satellite: A lightweight plugin you place on each individual track. It sends data to
the main mixer but doesn’t need to be opened to do its job. You can still open it for

quick individual changes without pulling up the main window.

The M3 Mixer (main window): One single plugin — placed on you master channel —
that shows all your satellites as strip modules side by side. Everything from one window:

level-planes, duck/expand groups, colors, learn/mix controls, mute/solo, the works.
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Version 2.0 added stable module positioning, group tabs, free-scale sizing, and the

ability to order modules to match your DAW track order.

New in M3 v2.0

Amount Fader: Every module now has an additional “Amount” fader that gives you a
completely separate automation lane from your duck/expand groups. This means every
channel in M3 has two fader automation lanes — the duck/expand lane AND the main

fader lane. Menno called this “an insane amount of leveling power per mix module.”

Satellites Have Their Own Controls: Learn, Mix, Lock, Target LUFS, and Applied
Gain are now on the satellite itself. So if you’re deep in editing and just need to tweak
the kick level, you don’t have to open the M3 mixer — just open the kick satellite, make

the change, done. Works as fast as Mix Monolith.

Gain Capture Buttons (3x per channel): Three quick-capture slots with host BPM
sync. Capture a level, capture another for the chorus, another for the bridge. Automate
between them. This is how you easily balance elements or stereo buses throughout

your mix — each section remains on its proper level-plane.

Level-Plane Buttons: One click buttons for Primary (-25), Secondary 1 (-30),
Secondary 2 (-35), Transparent 1 (-40), Transparent 2 (-45), Neutral (-50< and the lead

vocal Top (-22). Fly through your whole mix assigning level-planes in seconds.
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Self Mode (feature in MD/E and M3): When you need auto-leveling or self-riding on a
channel, and set the duck/expand group to Self mode. Set the channels duck/expand
settings to taste and turn the channels Amount Fader “on”. The duck/expand amount is
now reflected in the amount fader - M3’s amount fader can now write the resulting

movement to the automation lane in your DAW.

The Master Channel Level Bump

M3’s master module has +0.5dB and +1dB bump buttons. Assign these to your chorus
section — every professional mix inflates the chorus by half a dB to create perceived
energy without an audible volume jump. People feel it rather than hear it. Automate the

bump, and you never have to think about it again.

SECTION 08

MLP & MD/E- The M3 Breakout Plugins

Released December 2025, MLP and MD/E separate the two major functions of Mix
Monolith into standalone plugins, each optimized for a specific purpose within a larger

M3 workflow.

CRITICAL: MLP DOES NOT APPEAR IN M3
This is one of the most common points of confusion. When you put MLP on a channel. It
will not show up in the M3 mixer window. That is intentional — they are completely
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separate plugins. MLP operates entirely upstream, independently, as its own system.
Menno is explicit: “All three of these are separate plugins (MLP, Mix Monolith, M3). You
can utilize them all together in your mix wherever you need them.” If a channel needs to

appear in M3, it must have an M3 Satellite on it — period.

GAIN STAGING MLP - Monolith Level-Planes

MLP is a stripped-down, fast-access version of the Monolith’s level-plane system —
without duck/expand groups. It exists purely for gain staging: getting tracks to the right
level-plane before they hit your virtual tape, before a bus compressor, or anywhere else
in the chain you need controlled gain. It does this job completely independently of M3.
The key improvement over Mix Monolith for this purpose: the Level-plane Buttons are
right on the face of the plugin — Primary, Secondary 1 & 2, Transparent 1 & 2, Neutral,
and the -22 Top. One click sets the target and automatically adjusts your applied gain

after learning.

Typical Insert Chain When Using Both MLP and M3

On a channel where you want both gain staging and M3 control, the order looks like

this:

1. COS Pro (pre-compressor EQ shaping)

2. Compressor / other processing
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3. MLP - gain stages the signal to the target level-plane going into the next stage
4. Virtual tape / bus compressor / whatever needs consistent input gain
5. COS Pro second pass (optional post-compression tone correction)

6. M3 Satellite — this is what shows up in the M3 Mixer window for final mix leveling

The workflow is two completely separate Learn/Mix operations: run MLPs first (Learn
All — play song — Mix All on MLPs only), then lock them. After that, run your M3
Learn/Mix passes separately. The two systems never interfere with each other

because they are independent plugins.

Best use case: You have 16 drum tracks going into a virtual tape plugin. You want to
gain-stage them at -30 before they hit the tape. Put MLP on each drum track, set them
all to Secondary 1, learn all, mix all, lock them. Done. Your M3 Satellites further down

the chain handle the final mix decisions — not fighting uneven input gain.

All MLPs in a session function as one entity — Learn/Mix All applies only to MLPs and

ignores M3 Satellites and Mix Monolith instances entirely.

DYNAMICS MD/E - Monolith Duck/Expand

MD/E takes the duck/expand group functionality out of the Monolith and gives you an
infinitely placeable, standalone version. You can put it anywhere in your signal chain —

before COS Pro, between plugins, after compressors, on aux returns, wherever.

32|Page




Self Mode: MD/E can trigger its own channel’s dynamics, acting as a transparent auto-
leveler/compressor. This frees up M3’s duck/expand groups for track-to-track

interactions, while MD/E handles each individual channel’s dynamics internally.

) “*

Best use case with M3: You want M3’s “Amount Fader” on a vocal channel (which
uses the duck/expand lane). But you also want that vocal to duck other elements when
it gets loud. If M3’s duck/expand lane is being used for fader-follow, you’ve used it up.
Solution: put MD/E on the vocal track in Self mode for the internal leveling, and keep

M3’s duck/expand lane free for the inter-track ducking. You now have both,

simultaneously.

MENNO’S GO-TO MD/E SETTINGS (FROM THE ELBOW-POINTS VIDEO)

Menno shares his specific starting point settings for using MD/E in Self mode on lead
and backing vocals — settings he calls “very, very well” for smoothing performances
before writing automation:

Input: Self (the vocal feeds MD/E directly)

Attack: 1.44ms

Release: 914ms

Amount: 10 maximum (no more than 10dB of gain reduction/level drop)

Threshold: Set to the track’s integrated LUFS (run a quick analysis on the vocal file in

your DAW — whatever the integrated LUFS comes back as, enter that as the threshold)
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At 1.44ms attack / 914ms release, MD/E behaves like an optical compressor — smooth,
musical, not pumping. Works equally well on lead and backing vocals with the same
settings. The threshold difference between the two will simply be whatever their
respective integrated LUFS values are.

Important workflow note from Menno: For lead vocals specifically, he uses MD/E to
smooth the raw performance first, then manually writes final level automation using the
M3 Amount fader — not the DAW fader. Writing automation on the Amount fader keeps
level changes happening before the final level-plane is applied, so the level-plane itself
is never disrupted. This is the correct order: MD/E smooths — Amount fader writes final
riding — M3 sets level-plane. All three happen in sequence without interfering with each

other.

SECTION 09

Verdict: Which Plugins Do You Actually Need?

Here’s the honest breakdown based on Menno’s own words across all the transcripts,

plus real-world user reports:

PLUGIN DOES M3 REPLACE IT? BEST FOR
Mix Mostly Still valid if you already own it. Works great for simple
Monolith to medium-complexity mixes. Gets slow on 50+ track

projects. M3 is faster and more visual at that scale.
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M3 IS the If starting fresh — buy M3, skip Mix Monolith. Existing
Upgrade MM owners: the add-on upgrade is discounted. M3
does everything MM does + more, in a better Ul. For

large sessions it's dramatically faster.

MLP Worth it Particularly valuable if you use virtual tape, hardware-
emulation plugins, or bus compressors that need
consistent input gain. Also great for pre-production
rough balances. At $29 intro/sale price, an easy yes

alongside M3.
PLLGIN DOES M3 REPLACET? BESTFOR
MD/E Situational Valuable once you're using M3’s amount fader and

need your duck/expand lane freed up. Also great for
interesting ducking at specific spots in a complex
chain without adding a full Monolith. Worth it if you

do complex mutli-track sessions.

COS Pro Essential Nothing replaces this in the lineup. It is the EQ side
of Universal Mixing. Without it, you’re only doing half

the system. Buy this first if you’re choosing.

THE OPTIMAL STARTING POINT

COS Pro + M3 is the ideal core setup for a new user. The ProM3 bundle includes both.
Add MLP if you need gain staging control between plugins. Add MD/E once you’re using
M3’s amount fader feature and need additional ducking flexibility. Mix Monolith is the

legacy option — still solid, just not the future direction.
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SECTION 10

Complete Workflow in Studio One 7

Studio One 7 does not have post-fader inserts the way Cubase/Nuendo does, so the
recommended approach is: place M3 Satellites (or Mix Monolith) in the last insert slot
on each track, and set all faders to 0dB before starting. Here is the complete workflow

from raw tracks to pre-master.

STAGE 1 SESSION SETUP & ORGANIZATION

Organize your track order in Studio One to match how you want to see your mixer —
drums first, then bass, guitar, keys, vocals, effects. M3 v2.0 can order satellites by DAW

track order, so this matters.

Create your bus structure before adding any Ayaic plugins: Drum Bus, Bass Bus,
Guitar Bus, Key Bus, Vocal Bus, (lead + BG separate), Effects Bus. Route all individual
tracks to their buses right away. This lets you run the two-pass Monolith process

correctly.

Set all faders to 0dB. Remove any existing volume automation. Fresh slate.

Plugin chain order per track: Each Ayaic plugin has its own fixed or flexible position —

there is no single rule that puts all Ayaic plugins first or last. The correct order is: COS
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Pro goes wherever tonal correction is needed (before a compressor on raw audio, after
a hardware EQ emulation for analog color, or after a compressor for a second pass —
see section 05 for full detail). MLP goes wherever upstream gain staging is needed.
MD/E goes wherever dynamic control is needed. M3 Satellite always goes last — the
final insert slot on every track, after all other processing, so it measures and controls the

true output of the channel.

WHERE DO THIRD-PARTY PLUGINS GO - INDIVIDUAL TRACKS, BUSES, OR BOTH?

The rule is simple: process individually what needs individual treatment; process
on the bus what benefits the group as a whole. A bus only sees the combined,
blended signal of everything routed to it — it cannot reach back and fix a problem on a

single track. Individual problems need individual solutions.

Take multiple acoustic guitars as a practical example: Each guitar has its own tonal
balance, its own dynamic behavior, its own noise signature. COS Pro on the bus sees
their averaged spectrum — it cannot distinguish the guitar that’s too dark from the guitar
that’s too bright. So the individual track is where character-level work happens, and the

bus is where group cohesion happens:

PLUGIN TYPE INDIVIDUAL TRACK BUS

COS Pro (first pass) Always Optional second
pass

WHY:

Each track has a unique noise signature. The bus cannot EQ them individually. A

second COS Pro on the bus corrects whatever the bus compressor changes tonally.
PLUGIN TYPE INDIVIDUAL TRACK BUS
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Per-track compression As needed Not for this purpose

WHY:

Dynamic problems unique to one track — a loud transient spike, an uneven performance

— must be addressed at the track level. The bus compressor cannot isolate individual

tracks.

PLUGIN TYPE INDIVIDUAL TRACK BUS
Bus compressor (glue) Not here Always
WHY:

Glue compression makes the group breathe together as one instrument. It only works

on the combined signal. A VCA or optical compressor on the guitar bus is the classic

move.

PLUGIN TYPE INDIVIDUAL TRACK BUS

Tape emulation/saturation For individual character Not for this purpose
WHY:

Tape on individual tracks adds per-track harmonic color. Tape on the bus saturates the
blended group signal. Both are valid and serve different purposes — use MLP before the

bus tape to ensure consistent input gain.

PLUGIN TYPE INDIVIDUAL TRACK BUS
Noise gate/transient shaper Always Not here
WHY:

These respond to individual track dynamics. On a bus they would fire on the combined
signal, which defeats their purpose entirely.
PLUGIN TYPE INDIVIDUAL TRACK

oo
c
[72]
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MLP Before tape/compressor Before
tape/compressor

WHY:

Wherever a downstream plugin needs consistent input gain — at the track level before

per-track processing, or at the bus level before the bus compressor or tape.

PLUGIN TYPE INDIVIDUAL TRACK BUS
MD/E As needed As needed
WHY:

Can go anywhere dynamic control is needed — smoothing individual performances at

the track level, or managing bus-level dynamics.

PLUGIN TYPE INDIVIDUAL TRACK BUS
M3 Satelitte Always Always
WHY:

Must be the final insert on every track and every bus so it measures the true output of

the channel after all processing.

The resulting chain for a group of acoustic guitars looks like this:

ACOUSTIC GUITAR GROUP - FULL CHAIN EXAMPLE
Each individual guitar track:
COS Pro (noise-slope EQ per instrument) — Compressor if needed — Any per-track

character plugins — M3 Satellite (last)
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Guitar Bus:
Bus Compressor (glue) — Tape emulation (optional group color) — COS Pro second

pass (optional group tonal balance) — M3 Satellite (last)

This is precisely how Ayaic two-pass Learn/Mix system is designed to be used —
individual tracks balanced first on their own level-planes, then buses balanced as group
elements against the rest of the mix. Every level of the chain gets its own M3 Satellite

and its own COS Pro pass as needed.

CRITICAL: ADDING PLUGINS AFTER LEARN/MIX REQUIRES A REDO

M3 and Mix Monolith are static gain utilities — not continuous aut-levelers. During the
Learn pass, M3 measures the average LUFS of the incoming signal and applies a fixed
gain offset during the Mix pass to hit the target level-plane. That applied gain number

does not update itself automatically when you change something upstream.

This means: if you add, remove, or significantly change any plugin that sits before
M3 in the chain after you’ve already run Learn/Mix, your mix balance will shift.

The new plugin changes the level hitiing M3, but M3 is still applying the old gain offset it
calculated from the unprocessed signal. The result is that your carefully set level-planes

are now wrong.

THE IDEAL WORKFLOW - BUILD YOUR CHAIN FIRST, LEARN/MIX LAST

40| Page




The cleanest solution is simply to have all your third-party plugins in place and set
before you ever run a Learn/Mix pass. Add your compressors, EQs, tape emulations,
and saturation plugins first — get them roughly where you want them — then run
Learn/Mix. This way M3 measures the final processed signal from the start and never

needs to be recalculated.

If you do add plugins after the fact, or make significant gain changes to existing plugins,

you have two recovery options:

Option 1 — Redo the Learn/Mix Sequence (Recommended): This is the cleanest
approach. Ensure all your third-party plugins are active and set to your liking. Clear the
old gain settings (optional) in your M3/Monolith instances. Hit Learn All Channels, play
the track from start to finish, then hit Mix All Channels. M3 recalculates everything

based on the new processed signal. Your level-planes are restored correctly.

Option 2 — Unity Gain-Stage Each New plugin (Alternative): If you spent significant
time fine-tuning individual level-planes and don’t want to overwrite them, you can avoid
re-learning by ensuring every new plugin you add passes through ay unity gain —
meaning the track’s output level is identical whether the plugin is on or bypassed. The
test: toggle the plugin’s bypass switch on and off. If the volume changes, adjust the
plugin’s output or makeup gain until it doesn’t. repeat for every plugin added. M3 then

continues to see the same level it originally memorized, and no recalculation is needed.

WHICH OPTION TO CHOOSE
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If you're early in the mix and still building your plugin chains — just redo Learn/Mix. It
takes two playbacks and gives you a fresh, accurate baseline. Option 2 is best reserved
for situations where you’ve done significant manual level-plane tweaking, written
automation, or set up complex ducking groups that would be tedious to rebuild after a

fresh Learn/Mix pass.

STAGE 2 COS Pro - First Pass (Pre-Compression EQ)

On each track, add your first instance of COS Pro to begin the EQ pass on raw audio. If
the track is unprocessed, place it first in the chain — before compressors — so every
downstream plugin receives a tonally balanced signal. If you're starting with an analog-
emulation EQ for color, place COS Pro after it instead. Solo each track. Hit play, let the
spectrum settle, Freeze. Autogenerate Ceiling. Adjust the ceiling to the appropriate
noise slope for the instrument type. Conform Spectrum to Ceiling. The sound is now

tonally balanced to noise.

Quick-reference slopes by instrument: Lead vocal = -4.5 dB/oct. Background vocals
= -4.5 to pink (-3). Kick drum = brown (-6) to -7.5 low end. Snare = pink (-3) to -1.5.
Bass guitar = brown (-6). Acoustic guitar = -1.5 to pink. Electric guitar = pink to -1.5.
Synth pads = depends on role (heavier for background, lighter for leads).

Overheads/room mics = pink to white.

Don’t agonize over perfection here. The ceiling can always be tweaked later. Move

efficiently through each track.
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STAGE 3 ADD M3 Satellites to Every Track (and MLP Where Needed)

In M3: First, add the M3 Mixer plugin to your Master bus. In settings, enable “Add
Modules to Right” (so modules populate in track order). Then add an M3 Satellite to
every track — each one will populate a module in the M3 mixer window. Also add

Satellites to all your bus channels.

Important — MLP is separate: If you are also using MLP on any channels for gain
staging those MLP instances will not appear in the M3 window and are not connected to
M3 in any way. Only M3 Satellites populate modules in M3. MLP sits earlier in the insert
chain and operates completely independently. A channel can have both an MLP (earlier
in the chain) and an M3 Satellite (last in the chain) — they do different jobs at different

points in the signal path.

Assign colors and groups in the M3 window: create a Drums group, Bass group,
Guitar group, Keys group, Vocal group. Assign each module to its group. This lets you

Learn/Mix by group, solo by group, and visually organize by group tabs.

Assign level-planes to every module using the quick-select buttons: most instruments
are on Primary (-25), Hi-hats/secondary rhythm elements are on Secondary 2 (-35),
reverbs/effects are on Transparent 1 (-40), lead vocals on Top (-22). If unsure, just set

everything to Primary (-25) first — you'll refine in the next pass.

STAGE 4 M3 Pass 1 - Learn & Mix Individual Tracks
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Lock your bus modules first — you don’t want them learning yet. Return to the
beginning of the song. In the M3 window press Learn All Channels. Play the entire
song from start to finish (or at least a sold representative section). When done, press

Mix All Channels.

M3 has now calculated and applied the gain to put every individual track on its assigned
level-plane. This is your 90% mix. Play it back — it should sound dramatically balanced
already. Make any obvious adjustments: if a hi-hat is too forward, drop it to Secondary
2; if a background pad needs to disappear, drop it to Transparent 1.

Any time you change a target LUFS on a module, just press Mix on that individual
module (not all channels — it recalculates instantly without re-learning. Note: pressing

the level-plane buttons changes the applied gain instantly.

STAGE 5 M3 Pass 2 - Learn & Mix Buses

Unlock your bus modules. Return to the beginning. Press Learn All Channels again
and play through. Now your buses learn the combined energy hitting them from the

properly balanced individual tracks. Press Mix All Channels.

Your Drum Bus, Guitar Bus, Vocal Bus, etc. will now all sit at -25 (Primary). Your Lead
Vocal Bus will be at -22 because the lead vocal satellite inside it is at -22. Your Master

fader module will target around -20 LUFS by default.
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You now have a professionally balanced full mix — all done through the Laws of Three

and Five, with no ear fatigue, no endless fader-riding.

STAGE 6 Set Up Duck/Expand Groups for Space

Now dial in your dynamic relationships. Classic setups to do in every mix:
Kick — Bass: Kick/snare group Sends to Bas bus module Receive. Amount = 3dB.
Every kick hit, the bass steps back exactly 3dB so the attack punches through, then

shaps back.

Lead Vocal — Background Vocals: Lead vocal Sends to background vocal bus

Receive. Amount = 3-5dB When lead sings, backgrounds duck so they don’t compete.

Saw bass — Deep bass: Sporadic element Sends to constant element Receive.
Amount = 3dB. When the saw bass comes in, the deep bass steps back so combined

energy stays on the plane.

Use sync mode with a note-based release for musical drum-related ducking. Use free
mode with time-based attack/release for smoother, less rhythmically locked ducking on

sustained instruments.

STAGE 7 COS Pro - Second Pass (Post-Compression)

Now that compression and other dynamic processing has shaped each track, go back

and add a second COS Pro after the compressor on key tracks (especially vocals, bass,

45| Page



and everything heavily compressed). This second pass corrects whatever the

compressor changed tonally and puts the final noise-shape on the sound.

For the lead vocal, this is where you apply the professional 3-segment approach: Brown
from the bottom through 1kHz, -4.5 from 1kHz to 5kHz, Pink above 5kHz. This is the
finished vocal tone. Use the Mix knob if the conforming feels heavy — blend it to 50-70%

for a more natural result.

STAGE 8 Set Reverbs & Effects Using Five Controls Three

This is where you set the level of every reverb, delay, and aux effect. The rule: start at
Transparent 1 (-40) — three level-planes below the source at -25. At -40, the reverb is
present but adds almost no volume increase. This is your starting point for natural

ambience and space.

If you want the reverb to be more audible as its own element, move it up to Secondary 2
(-35). If you want ot truly subliminal, drop it to Transparent 2 (-45) or Neutral (-50).
These are not random values — they are physically meaningful positions on the level-

plane grid.

For delays: start at -40 alongside the reverb. They’ll blend naturally. Panned delays

(64L/64R in Studio One) at -40 create width without adding perceived loudness.

FX Send/Aux Channel Insert Order: In Studio One, reverbs live on FX send channels

rather than directly on tracks. The correct insert order on that FX channel is: Pre-EQ —
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Reverb — M3 Satellite (last). If you place a shelf EQ before the reverb to trim low and
high end — a common technique to give the reverb “cut” and prevent it from getting
washy — keep that EQ first, then the reverb, then M3 last. M3 must sit after the reverb
so it measures and controls the final output of the entire FX channel, not just the pre-
reverb signal. Running Learn/Mix with M3 in this position automatically sets the reverb

return to its correct level-plane (-40 to start) relative to every other track in the mix.

STAGE 9 Chorus Inflation & Final Automation

On your Master M3 module, identify your chorus sections. Use the +0.5 dB Level Bump
button on the master module. Enable Write Automation in Studio One (right-click the M3
plugin — Automation — Enable). Play through each chorus section while the bump is
engaged. This writes automation that inflates the chorus by half a dB — enough to feel

bigger without sounding louder.

For vocal riding: select Self mode in the vocal modules duck/expand section in the M3
mixer. Then enable the Amount fader. Write the resulting amount fader level movement
to your Studio One automation lane. You now have a naturally ridden vocal without

drawing a single automation node by hand.

STAGE 10 Pre-Mastering Check & Lock

Lock all your M3 modules once you’re satisfied with the balance. Locking prevents
accidental re-learning from undoing your work. Export your mix from Studio One at 32-

bit float for mastering headroom. Your mix should be hitting your master bus
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approximately -14 to -16 LUFS integrated — a healthy level for mastering without

crushing your dynamics.

If you use COS Pro on your master fader for room correction, this is already in place.
Otherwise, a gentle master-bus COS Pro conform to Pink noise (-3 dB/octave) is a

classic final tonal balance check that works in any monitoring environment.

Note: if your using COS Pro for room correction, make sure to bypass it so you do not
“print” the room correction EQ curve to your final mix file when rendering or playing

down to your master recorder.

SECTION 11

Volume Automation & Solos in M3

When a guitar solo kicks in, or any instrument steps into the spotlight, you have two
separate tools in M3 to handle it. They are not mutually exclusive — Menno uses both,
often on the same track. Understanding which one does what is key to never needing to

grab a fader manually again.

THE GOLDEN RULE - NEVER LEAVE LEVEL-PLANES
Menno hammers this point repeatedly in the transcripts: “Do not turn things up. The

moment you turn them up, you leave level-planes — and level-planes are how the
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universe deals with sonic energy.” Your instinct during a solo will be to grab the fader
and push it up. Resist that. Every tool below is designed so you can make a solo cut
through without ever manually dragging a fader and without leaving the level-plane

grid.

Tool 1 - Gain Captures (Primary Solo Automation Tool)

Gain Captures are M3'’s answer to section-by-section level changes — verse vs. chorus,
rhythm part vs. solo, soft intro vs. driving bridge. Each M3 module has three Capture
slots. Each slot stores a complete applied gain setting that keeps the instrument on its

assigned level-plane, just at a different point in its dynamic range.

Think of it this way: the same guitar might sit at its level-plane at -9.8dB applied gain
during the verse (when it's one of several guitars playing), and at -4.7dB applied gain
during the solo (when it’s the featured foreground element). Both settings keep it on the
-25 Primary plane — but at different gain levels appropriate to what the track is doing at
that moment. Gain Captures let you save both and switch between them in sync with

the song.

01 - RUN LEARN/MIX AT THE NORMAL (NON-SOLO) LEVEL

With the track set to its correct level-plane (e.g. -25 Primary), run Learn/Mix
during the verse or any non-featured section. M3 calculates the applied gain —
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say it comes back at 9.8dB. Hold Ctrl and click Capture 1. The button turns

blue. That’s your verse/rhythm level locked in.

02 - ADJUST TARGET FOR THE SOLO SECTION

Now think about where the solo should live on the level-plane grid. If the
guitar is already at -25 (Primary) during the verse, and the solo is the featured
element of that section with everything else still playing, you may want to
leave the target at -25 and let the duck groups (Tool 2 below) create the
space. If the track is genuinely stepping into a different role — say from
background pad to featured instrument — move it up one plane to -22 (the
“Top” plane, normally reserved for lead vocal). Change the target LUFS, then
click Mix (not Learn — it already knows the track). The applied gain

recalculates instantly. Hold Ctrl and click Capture 2.

03 - ENABLE SYNC AND SET TIMING

Click Sync on the modules display window — it turns red. Set the timing
increment: Instant for immediate snapping, quarter note for a one-beat
transition, up to 8 bars for a long slow morph. When set to a note value and
blinking, M3 will only trigger the change on the next beat boundary — so even

if you click a fraction early, it snaps perfectly in time with the song.

04 - WRITETO THE DAW AUTOMATION LANE (STUDIO ONE)

In Studio One, right-click the M3 Satellite on the track — Automation — enable
Write. Return to the top of the song. Play through and click between your
Capture buttons at the right moments — verse hits Capture 1, solo hits
Capture 2, back to verse hits Capture 1 again. Studio One records those level
movements as automation data on the track’s automation lane. Stop
playback, switch automation back to Read. The solo level changes are now
baked in and will play back the same way every time, even after future

Learn/Mix passes.
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05 - REPEAT FOR UP TO 3 CAPTURES PER MODULE

You have three Capture slots — verse, chorus, solo, or any three section-level
positions your song requires. Each one can hold a different applied gain, all
mathematically pinned to the correct level-plane. This replaces all manual
fader automation for level changes across song sections.

STUDIO ONE AUTOMATION NOTE

M3’s Gain Captures write to the plugin’s own automation parameter lane in Studio
One, not directly to the track fader. This is correct and intentional — the M3 Satellite
controls level, so its automation lane is where the data lives. You can view and edit

these nodes in Studio One’s automation view just like any other parameter.

Tool 2 - Duck/Expand Groups (Making Space for the Solo)

Ducking is not how you raise the solo — it's how you pull everything else back so the
solo has space to breathe. This distinction is critical. The solo guitar’s level-plane
doesn’t change. Instead, the instruments competing with it step back by a precise

amount — 3dB, every time, hard-limited — so the solo cuts through cleanly.

A practical solo setup: your lead guitar solo is at -25 (Primary). The rhythm guitars are
also at -25. When both play at the same level-plane, they combine to a +3dB increase —
the rhythm guitars are eating into the solo’s headroom. Solution: set up a duck group

where the solo guitar Sends and the rhythm guitar bus Receives. Amount = 3dB. The
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moment the solo fires, the rhythm guitars step back exactly 3dB. When the solo ends,

they snap back instantly. The solo now has all three of those dB to itself.

01 - CREATE A DUCK GROUP ON THE SOLO TRACK

In the M3 mixer window on the solo guitar track, go to the Duck/Expand
section. Create a new group — name it something like “Solo Duck.” Set this

module to Send.

02- SET THE COMPETING TRACKS TO RECEIVE

On every track that should duck when the solo plays — rhythm guitar bus,

keys, background pads, etc. — go to their M3 module’s Duck/Expand section.
Select the same “Solo Duck” group and set them to Receive. Set Amount to
3dB as a starting point. This keeps their combined energy on the level-plane

when the solo is cutting above them.

03- SETTHRESHOLD AND RELEASE

Set Threshold to -25 LUFS (your Primary plane). The duck only fires when
the solo track is actually playing — silence won't trigger it. For release, use
Sync mode with a note-based release (quarter or half note) for a musical,
rhythmically locked feel. Use Free mode with a time-based release for a

smoother, more gradual recovery on sustained instruments like pads.

04- RUN LEARN/MIX AT THE NORMAL (NON-SOLO) LEVEL

Enable Amount fader on the receiving modules. Enable Write Automation in
Studio One on those tracks. Play through the solo section. The duck
movements write to the automation lanes of the rhythm tracks. You can then
review and fine-tune those nodes by hand if needed.
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Does This Work the Same in Every DAW?

The M3 logic — level-planes, Gain Captures, duck groups — is identical in every DAW.
The plugin doesn’t care what host it’s running in. The only differences are cosmetic and

workflow related:

Track name auto-population: Studio One automatically passes the track name to the
M3 Satellite when you load it. M3 v2.0 does the same name auto-population in every

major DAW.

Post-fader insert slots: Cubase and Nuendo support true post-fader inserts, which is
the ideal slot for M3 Satellites (so the DAW fader can run automation and M3 sits after
it). Studio One does not have post-fader inserts. The workaround in Studio one is to
keep M3 in the last pre-fader slot with the track fader set to 0dB — functionally

equivalent in practice since the fader isn’t being used for anything else.

Automation lane access: Every major DAW exposes plugin parameters as automation
lanes. Studio One’s automation system works cleanly with M3 — right-click the Satellite,
enable automation on the relevant parameter, and the workflow described above

applies directly.

SECTION 12

Quick Reference Cheat Sheet
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Level-plane Quick Reference

LUFS PLANE EXAMPLES

-22 Lead Vocal Top Lead vocal, Solo instruments

-25 Primary Kick, snare, bass, guitars, keys

-28 Double-track 2x double-tracked elements playing together
Correction

-30 Secondary 1 Supporting instruments, sub-bass layers

-35 Secondary 2 Hi-hat, rhythm guitar, pads, BG vocals

-40 Transparent Overheads, room mics, reverbs, delays —

starting point

-45 Transparent 2 Micro-pitch, chorus effect layers, secondary
ambience
-50 Neutral Deep effect tails, texture-only elements, zero

volume impact

COS Pro Noise Slope Quick Reference

INSTRUMENT TARGET SLOPE NOTES

Lead Vocal -4.5 dB/oct Universal starting point for human voice
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(primary pass)

Lead Vocal Brown /-4.5 Split at 1kHz and 5kHz for rock/pop
(final pass) / Pink

Background -4.5 to Pink Slightly lighter than lead to stay behind
Vocals

Kick Drum Brown to -7.5 Heavy low end slope

Snare Pink to -1.5 Mid-focused, some presence/snap
Bass Guitar Brown Natural low-end weight

Electric Guitar Pink to -1.5 Midrange-forward

Acoustic Guitar Pink to White Slightly brighter, more air

Overheads / Pink to White Airy, high-detail

Room Mics

Full Mix Pink The universal “flat room response” target
Mastering

THE GOLDEN RULES - MEMORIZE THESE

Rule 1: Two different elements at the same LUFS always increase volume by +3dB

Rule 2: That 3dB is controlled by five level-planes (25dB). Drop one element 5 planes

(25dB) and the volume increase goes to zero.

Rule 3: Lead Vocals always at -22 (3 above the primary plane).
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Rule 4: Double-tracked elements: drop both by 3dB to keep combined energy on plane.
Rule 5: Start reverbs at -40. Go up for more presence, down for more transparency.
Rule 6: Always conform to noise slopes. Everything is noise. Noise is perfect sound.

Compiled from Ayaic video transcripts, inventor explanations, the Ayaic website, and third-party reviews.

Ayaic plugins require iLok 2, iLok 3, iLok Cloud, or host machine.

Visit: ayaicinc.com for demos and purchases
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https://www.ayaicinc.com/

