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Rozo's remixing guide v12

As this is a work in progress, I'm grateful for any feedback I get on it. In fact, 
feedback is a _requirement_ of reading it. I need to know if it's effective, what is 
and isn't effective, what's superfluous, what's confusing, what's irrelevant, what's 
underdeveloped... and so on. I recommend the thread in Recruit&Collaborate for 
this, but you can also send me a PM.

This is the first version of the guide edited in Scrivener and published as a pdf, so 
any formatting issues is probably due to that. I'll work out a table of contents and 
things like that for later versions. For now, I'm pretty happy with how effortlessly 
it transitioned from a really long text document to a convenient set of shorter 
texts, and from there to a readable pdf. I hope it's readable. (This is why I need 
feedback)

So this page is just that preramble. The guide itself begins on the next page. Go there. 
Stop reading this page. Scroll down. Do it.
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ABOUT

-about this guide-

Hi! This guide is supposed to be an introduction to making music - specifically video 
game music remixes of the kind ocremix accepts. While it's far from exhaustive, it 
might be exhausting to read the whole thing in one sitting. I recommend you take 
a chapter (or even just a section) at a time, practice and play with the things you 
learn before moving on to the next. While it doesn't hurt to read more, you'll 
probably learn faster by putting things to practice soon after you've read them.

This is not the first guide I've written, but it's based on what I've learned both in 
making music and in writing the previous guides. Special, special thanks to 
Zephyr, who collaborated with me on a previous (and way too ambitious and 
messy) guide. I should also mention Liontamer, zircon, Joren de Bruin, Willrock 
and Usa, who've helped me develop as a remixer and artist, as has the ocr 
community overall. I can't list everyone whose mix I've heard and learned from, 
or everyone who's given me feedback, advice, or encouraged me to keep doing 
this stuff, irl or online, but I know I didn't get where I am today on my own.

More special thanks, to those who provided feedback for this guide: Willrock, 
TheGuitahHeroe, eilios, Gario, Kanthos, Conway, geekystoner, negimaSonic, 
avaris, Drakken, Darren Schwinghamer, everyone in the thread...

btw, newb is not n00b. You can be new at this and still learn fast and do better than 
ppl who have been at it for years and still don't know jack about it and can't make 
a half-decent track no matter how hard they try. I call you a newb if you're new at 
this, not because you're terrible at it (although you probably are when you're 
starting out; I know I was).

Besides, newb or n00b, if you learn the stuff that's in this guide, you should be able 
to write and produce music well enough to no longer sound like a newb or n00b. 
Sure, it's not gonna happen the second you read the last word in the guide, but I 
think I've covered everything you need to know - the rest is practice... which is a 
lot easier when you know stuff.
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-note about the style-

I'm intentionally writing this in an informal voice, using a variety of abbreviations 
and things. Uber-correct English would butcher those personal language quirks of 
mine. Deal with it, spelling/grammar nazi ppls. There are technical terms, but I'll 
generally write those in uppercase, where appropriate. Things like dB, EQ, FM, 
FFT; they'll stand out. Meanwhile, I write people as ppl because it's fast and clean 
and makes sense to me. Now you know.

The guide should work as a text-only document, but I want to have pictures too. I 
can grab screenshots from Logic and various synths myself, but I wouldn't mind 
working with others to get some pictures into it. Things like the piano roll can be 
explained in words, but might be better conveyed as a picture. So why not both?

-about ocremix-

OverClocked ReMix is a mostly online community focused around creating and 
enjoying creative interpretations and new arrangements of video game music. 
Unlike a typical remix, ocremix' emphasis on creativity and interpretation means 
its focus isn't just on the video game music sources but also on the skills and styles 
of the remixers. ocremix has a high standard which might seem elitist and is 
certainly daunting, but it's also an environment that's helped a lot of artists 
(including myself) grow even beyond that level.

Founded in 1999 by djpretzel, ocr has always been about new takes on video game 
music. It currently works by receiving submissions linked in emails, which are 
first evaluated by a single judge, and if there's a chance they might pass the 
standards of the site, the submission is passed to the judges panel where it is 
evaluated by several appointed judges who vote on whether it belongs on ocr. 
Submissions that clearly meet ocr's standards may skip the panel and be posted 
directly.

OCR has released a handful of video game soundtracks and a fair amount of remix 
albums, all made by members of the ocr community. The community also has 
various remixing competitions and tournaments plus competitions for original 
music, original writing, and art. Most of the community interact on the site 
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forums, but site regulars spend a lot of time on the site's irc channels. OCR also 
has a presence on social media including twitter, facebook and youtube.

-about the author-

I, Rozovian, am a Swedish-speaking Finnish dude with a beard. I've been making 
music for about fifteen years, and most of those years the music was terrible. I've 
realized this in retrospect. I joined ocremix in 2007, 7-8 years later than I should 
have. During the first two years on ocremix, I learned production just by being 
there, posting my works in progress, listening to those of others and to posted 
remixes, and just trying, again and again, to make a passable remix. Eventually I 
succeeded.

I grew up in a church, exposed to a lot of instruments but quickly tired of the music. 
Still, the instruments themselves fascinated me; not every kid grows up around an 
electric organ. I rediscovered music in my teens, and came across the tracker 
scene. It made me interested in making my own music without having to learn to 
play an instrument, I have songs I made in 2002 to show for it... and to show I've 
improved a bit since. I've also learned guitar, bass, drums, and keyboards to a 
level where I'm comfortable playing those in front of other ppl. My family has a 
lot of music proficiency, with a special mention of my late grandma who with 
varying degrees of success taught us grandkids to play recorder, piano and guitar 
(one of these is a terrible instrument that doesn't work). I got a computer, music 
software, and... here I am, years later, having written a music-making guide for 
you.

At the time of writing, I've scored one indie game, and been involved in a handful of 
video productions where I've provided music. I'm also the coordinator and 
director for the almost completed (perpetually almost, it seems) Seiken Densetsu 3 
remix project, and should be working on an original album. At the time of writing, 
I have 11 posted remixes on ocremix plus some that are only on ocr albums.

Now, let's get down to business.
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INTRO

This chapter is for those who really have no idea what they're getting themselves 
into, so if you already have done music stuff, feel free to skip it. If you feel you're 
completely new to music, remixing, computer music, whatever, read it... tho in 
that case, read everything you can get your hands on.

-the guide-

This guide is gonna go over things in a particular order. First, we talk about the basic 
tools you need, and some tools you don't need but that would eventually be good 
to have, obviously depending on what exactly you're doing. Then we'll talk about 
putting notes into the program, and what to do with them. It goes on to how to 
turn those notes into more of a song, then on to the sounds themselves.

After that, the guide deals with the actual mixing process, or how to put different 
instruments together. It also deals with effects that change the sound. Then we 
talk a bit about recording, which is useful but not something everyone will need to 
know. After that part, we get into listening. By then you should be familiar with 
writing and mixing, the theory and the tools, and bot the writing and production 
side of music. Beyond that, there's just some random music-related things, useful 
tidbits and my thoughts on stuff.

I've tried to stack things in a logical order so you learn writing before sound design, 
and sound design before mixing. While you can start with sound design and 
worry about writing and mixing later when you make music, or leave sound 
design for much later; for the purposes of learning, this is my recommended order. 
If you don't like it, just read the chapters in a different order. If you read 
something where I talk about stuff I don't explain, assume I explained it earlier 
and read the guide in the proper order. If you come across something (eg the 
"other hardware" or "more synth stuff" sections) that doesn't apply to your 
situation, feel free to skip it.

I've also put listening fairly late in the guide because that felt like the most logical 
thing to do. Yes, listening is a skill. You're more likely to learn how to listen after 
you've tried your hand at making your own songs. Then again, first learning how 
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to listen might help you with the writing and production. If you don't know 
sound/music well enough to feel the need to read this stuff, you might think that 
everything that's wrong in a mix is just... a stylistic choice. And it may well be, but 
that doesn't mean it's any good.

-what is expected-

If you're reading this guide, you probably know English. While the internet is full of 
ppl with various languages, nationalities, and customs, many speak mostly 
English on the internet. If that's not your native language, that's fine. You're not 
alone; it's not my native language either. You'll learn it by hanging out on forums 
and other places. The more you read and write, the more you learn. English is a 
useful language on the internet. afaik, most programs are in English (I use English 
in my OS too, tho), most websites also. Most of the terminology, both music and 
technology, is in English. If you're gonna get help from ppl on the internet and 
read their articles and guides, you will need English.

Basic computer skills are also expected. I don't expect to have to explain how the 
mouse/trackpad works, how to drag things or right-click. You don't have to know 
how to program or understand every part of a computer, but not knowing your 
way around the screen would make it difficult to learn computer music. First learn 
computer.

-what to expect-

When you start out, you're clueless. You have no idea what the things in the 
program mean, or how to make things do something. There's so many buttons, 
menu options, windows, panels, tabs, toolbars, and everything is different 
everywhere. I know the feeling. I've switched music programs a few times, and 
still remember going from GarageBand to Logic. It was weird. I'm learning 
Ableton Live. It's weird. Everything new is weird. And it's okay.

Likewise, the things in this guide will be weird. There's strange, theoretical, abstract 
terminology and peculiar methods. Over time, you'll be more and more familiar 
with all these things. There's no shortcut to learning this, just do stuff, read stuff, 
listen to stuff, watch stuff, try stuff. Finding a tutorial for your program on 
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youtube might be a good idea, but so is just messing around with the program 
while consulting the user manual.

Just to make sure you've got some plan to what you're doing. You can start by 
finding somewhere to enter notes. Make an instrument play those notes. Use 
several different notes. Find the piano roll or another place to enter lots of notes. 
See if you can recreate some melodies you know. See if you can make some notes 
softer and others louder. See if you can change the instrument. See if you can write 
notes for two different instruments. See if you can add an effect. It doesn't have to 
sound good, as long as you know how to do these things. It may be difficult at 
first, but you'll probably be doing a lot of that if you're gonna make music, so get 
used to it.

The internet does not exist for your sake, so if you don't get high praise for your first 
few notes, don't be surprised. Your first songs will most likely be terrible. Even if 
you can't tell, I'm pretty sure they are. Save them, listen to them later, see how far 
you've come in a week, in a month, in a year.

Let's get started.
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THE TOOLS

This chapter is about the equipment you need to make music. If you're sure you 
already have what you need and know the basics of how it works, feel free to skip 
to the next chapter.

-hardware essentials-

What do you need to make music on the computer? The obvious first item is a 
computer. It doesn't have to be a powerful top-of-the-line machine designed for 
audio; ppl have been making good computer music for a long time with 
computers a fraction as powerful as they are today. But obviously: the better it is, 
the better.

Also, don't worry about Mac vs. PC. There's good software for both platforms. Linux 
has a fair amount of software as well.

Something that easily gets overlooked but is quite important is good listening 
equipment. Yes, you can make music on laptop speakers, ipod earbuds, or a single 
speaker; but the better your listening equipment is, the better you can mix. Think 
your bass is good on your laptop speakers, or on your hyped subwoofer-equipped 
speaker system? When you play it on other speakers it'll sound way different. A 
pair of decent headphones or speakers is essential, because the cheap stuff is often 
not accurate enough. Speakers are usually better, but they're both more expensive 
and will sound different depending on the room they're in, so ppl that try to keep 
things on a realistic newbie budget recommend headphones.

It's generally a good idea to try out your mixes on different sound systems whenever 
you have the opportunity. Visit a friend and use their setup, try it out in the car, 
use your earbuds, use laptop speakers, use everything you can. The idea is to get 
an idea of how your mix really sounds, and how it compares to other music.

It's also good to have professionally mixed, well-produced reference tracks. These 
can be used in three ways, all of which will help you. First, you can compare how 
a well-mixed track sounds on those different sound systems you should also test 
your own mixed on. Second, you can compare specifics, such as how loud 
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different elements of a mix are, and what that means for the listener and what 
they focus on. Third, you can compare your track to a professionally produced 
track, so you can hear the differences and learn from it. You probably won't be 
able to mimic its production, but there are things to learn from it regardless.

-

-software-

This is the thing ppl ask the most, "what software do I need to make remixes?" or 
"what should I use?". The short answer is "anything that makes good music". 
Remixes aren't really different from other forms of music, you just need something 
you can make music with. This is, usually, a DAW.

A DAW, or Digital Audio Workstation, is a package that has four important things: 
sequencer, mixer, instrument/effects host and audio editor wrapped into one. The 
sequencer is where you write the music (it can look like a piano, sheet music, or 
just weird numbers - doesn't matter how they look as long as you can use them to 
tell the computer what notes to play), and there's typically a mode where you 
arrange blocks of notes (called regions, loops or patterns) and/or sections of audio 
(recorded or imported) into a song. The mixer lets you put the different tracks 
together in a way that sounds good, adjusting how loud they are in relation to 
each other, and is usually where you insert instruments and effects hosted by the 
DAW (tho they can be external). If you work with audio files (not just notes), 
especially if you record stuff, the audio editor is where you edit these files.

There are lots of DAWs and other music programs out there. I'm not gonna name 
them all, but Mixcraft, REAPER, and GarageBand are good DAWs to start with. 
While not the most advanced out there, they're cheap and capable enough to be 
worth paying for. Mixcraft and GarageBand are especially newb-friendly, while 
REAPER is available in a fully unrestricted demo. It's ultimately not about the 
program, it's about how you use it. Whatever you get, get something useful and 
capable - I suggest you make sure it can use external plugins (such as VST, VSTi, 
or AU).

Then you need sound. There are two kinds of virtual instruments: synths and 
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samplers. Synths produce sounds internally, samplers use recorded sounds. 
Usually, samplers focus on real instruments while synths focus on... synths. There 
are sampled synths, and there are synths that imitate or simulate real instruments. 
Most DAWs include samplers and synths, and you can add more in the form of 
plug-ins. VSTi is a common plug-in format for virtual instruments. You can also 
just record instruments directly, but as you're not likely to have every necessary 
instrument and all equipment at this stage, we'll talk about that later in the guide.

When you mix, you'll need effects such as compressor, reverb, equalizer... these are 
tools I'll explain later. Check to see that your DAW has them. If not, find some on 
the internet. There's lots of freeware out there. VST is the most common format for 
plug-in effects.

When it comes time to buy more tools, consider whether your computer can handle 
them, and whether you really need these tools or not. ppl often spend money on 
resources instead of spending time learning to use the resources they already 
have. On the flip side, if you've been struggling with something in your music-
making process for a long time, consider buying a tool to help with that. If you, 
for example, can't make your orchestra sound good, ask yourself whether this is 
because you don't know how to write for or mix an orchestra, or because the 
orchestral samples and tools you have aren't good enough.

Note that GarageBand and Logic don't use VST or VSTi; they use AU. This is a Mac-
only concern, AU is Mac-only. Some Mac-compatible DAWs can use both, like 
REAPER. If you're using Pro Tools hardware or something on Linux, you might be 
dealing with other formats. Check your DAWs documentation if you don't know 
what it can use.

-

-other hardware-

My music changed when I got a midi keyboard. I had been using the mouse to click 
every note into position (also copy-pasting and recording with the computer 
keyboard), now I can just play. I'm not very good at it, but it's still faster. I can 
work out a melody on the keyboard and then record it... and then edit it to cover 
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whatever mistakes I make. If you do play piano/keyboards/organ/keytar/
accordion, getting a music keyboard that you can plug into your computer will 
help a lot. And it's still useful if you can't play.

Any instrument can be recorded with mics, but mics are sensitive to a lot of stuff, so 
any noise in the room will likely also be recorded, as will any electrical 
interference in the equipment. If you record with a mic, make sure you're in a soft 
enough room (or record under a big coat or something). Hard walls cause reverbs 
that you might not want in the recording. Also, your computer's sound card might 
not be that good for audio input and therefor produce bad recordings. Getting an 
external audio interface is then an option. A mic preamp will also help.

Guitar is a common instrument that needs a bit of work to get into the computer 
without a lot of noise. Yes, you can plug it straight into the computer and get a 
noisy recording. You can also get an audio interface and either plug the guitar into 
that or plug a mic into it and record your guitar amp. There are cheap tricks for 
plugging it straight in and getting a decent sound.

Then we could talk about monitors - audio monitors, speakers designed for mixing 
because they produce a flat frequency response (they don't exaggerate any 
frequencies like consumer speakers often do) - as well as how to prepare your 
room to avoid reverb and interference. And we can talk about cables (XLR or TRS 
recommended for recording; RCA etc) and listening environments... There's a lot 
more to it, but most of it isn't stuff you need to care about when you're just 
starting out.

I'll cover this more in the recording part of the guide. Just know that if you plan on 
recording things, you need more equipment than if you're not.

-

-affordable options-

A commonly cited format of samples is soundfonts. Most samples are in aif or wav 
format, but soundfonts are contained in a few different formats of their own. 
They're sample packs that require a soundfont player or a soundfont-compatible 
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sampler to be used. There are free soundfont players. Sounfonts are often free, too.

Many plug-in developers have demo versions of their software, but some go as far as 
to release free versions. Then there are many hobbyist developers who create free 
plug-ins. These can be found in different formats and of different quality. TAL-
Elek7ro and FreeAlpha are two free, cross-platform synths that I recommend to 
ppl new to synths. They both look and sound good, and I've used them to teach 
ppl how to synth.

As for DAWs, I already suggested Mixcraft, GarageBand, and REAPER. Despite their 
price, they're versatile enough. When it's time to move to something bigger, avoid 
getting the cheapest edition available since those usually lack features you'll find 
yourself needing later on.

As for further purchases, Komplete by Native Instruments is one of the most 
versatile products available. It still costs what seems like a lot when you're starting 
out, tho, so it's better to learn how to use the free options available before 
spending anything on more advanced, costly stuff. When you do find yourself 
limited by the free stuff, look up Komplete. There are other affordable, versatile 
packages out there, but this is the one I got and I'm quite happy with it. In 
addition to the industry standard sampler Kontakt, it contains a wide range of 
instruments and effects. It's not cheap, but considering how much you get, it's 
very cost-effective.
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BASIC WRITING

This chapter is about music theory. Don't worry, I'm not gonna do a lot of numbers 
and boring sheet music stuff. If you can read sheet music, you probably already 
know the stuff in this chapter. If you can play an instrument and can just jam with 
it, you probably know this stuff too, even if you don't have the words for it. It's a 
long chapter, so there's probably something in there you could learn from, but if 
you know how to get the notes out of your head and onto the sequencer, and the 
notes make sense, feel free to skip it.

-a bit of theory-

Theory is just a system for explaining what sounds good, and why. I never really 
learned proper, formal music theory, and I hate trying to explain stuff in those 
terms anyway. What I've picked up is a combination of elementary school bits and 
pieces, stuff from wikipedia, terminology in the DAW, and things my musician 
friends have said. It's served me well.

Before we get to the fun stuff, you need to know a few things. First of all, what the 
beat is. The beat is the pulse of the song, a way to measure time in the song. It's 
what your foot involuntarily follows when you listen to music you like. In your 
DAW, it's usually represented as vertical lines across the piano roll - the writing 
area. There's typically four beats in a measure, and measures will typically be 
marked by thicker vertical lines. The lines in the piano roll form a grid where you 
can place notes. This is pretty straight-forward... until you reach the time 
signature section where I'll mess up your idea of the beat.

I've never really had much use of sheet music, and often just get the different note 
lengths mixed up. Much of it doesn't apply to the piano roll anyway, where timing 
isn't bound to previous notes, but to the scale of the grid. It helps to know note 
lengths when you try to communicate this stuff (eg in a remixing guide), but an 
understanding of the notes is more important than knowing their sheet music 
names.

Lemme also explain note pitches. In western music (I mean the music theory that 
developed in Europe, not just wild west songs), we have 12 notes, called 
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semitones because not all of them are used in a scale. In the piano roll and in sheet 
music, a note further up will be a higher note, and a note further right will be a 
note that's played later. A note that's 12 semitones up or down from another are an 
octave apart, and are basically the same note, one deeper and the other brighter. 
The difference in pitch, the vertical difference between notes, is called the interval. 
You'll need that word later.

Sheet music usually starts with so called signatures: time signature and key 
signature. They just tell you (and your DAW) what notes to expect, and when. Key 
signature is about harmony and scales, it tells you what notes should be used in a 
song, the scale used in the song. In a DAW, key signature is pretty irrelevant as 
you can write whatever notes you want, but time sig changes the grid. Time sig is 
about rhythm, but it's a little more complicated than basic rhythm stuff, so it has 
its own section further down.

-

-rhythm-

There's a reason Shigeru Miyamoto made Wii Music a rhythm game rather than a 
music game - rhythm is the basis of most forms of music. With few exceptions, 
almost all music needs rhythm. Rhythm is how to time the music to the beat. 
Before you can make music, you need to know how to make rhythms that work.

With all the software around today, it's easy to create all kinds of interesting 
experimental rhythms, but one of the most effective ways of learning is to play 
along to existing music. Drum on your desk or your knees with your choice of 
music playing. If you already play an instrument but have trouble with rhythm, 
put the instrument away and just drum on something. Avoid drumming on other 
ppl.

Listening to drums is especially useful when learning rhythm. Once you get an idea 
of why ppl write and play drums the way they do, try to recreate it in your 
sequencer. You can find examples of drum patterns a little everywhere with a 
google search. For the more experimental of you, write random notes in a drum 
kit track, loop it, move notes around until you have a rhythm that just works. 
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Almost anything that has a bass drum note on the first beat (as the first note in a 
pattern, as early as you can make it within that pattern) works when it's looped... 
maybe not together with other instruments, but it works on its own.

Note that not all good drum patterns begin with a bass drum note, but if you need to 
read this, syncopation and stuff isn't really something you should worry about 
yet. Syncopation is when a note that typically would hit on a beat hits in between 
beats.

Rhythm is used by most instruments, not just drums. And it can play on a single 
drum just as it can play in a whole drum kit. A guitar can strum chords, some 
strokes louder than others, some barely audible. This is the same whether you've 
got an electric guitar or an acoustic guitar. It's rhythm. If the bass plays more than 
one note per chord, it's a rhythm. This can be slow or fast, and can be a lot of 
different notes or just one repeated note. The piano plays chords and often also a 
melody, sometimes baked into the chords. Aside form the chords, the melody has 
rhythm, otherwise it'd also be just a chord. And those chords beneath the melody 
are sometimes played in a rhythm as well.

There's a section on time signature later where I deal with some strange and/or fun 
rhythm things. For now, rhythm is how often and how many notes your 
instrument plays, and when.

-

-harmony-

A chord is usually made up of three notes. While almost any three notes can be made 
into a chord, not all sound good together, and when you're putting chords in a 
row, not all chords sound like they fit in with each other.

Chords are easiest to learn on a piano. Hold three keys on the white keys, make sure 
there's one white key between each you hold. This forms a triad, the standard 
chord. Why only the white keys? Well, they make up a scale (C major or A minor, 
depending on how you look at it - same notes), which is a series of notes that 
sound good together. Most piano rolls indicate which notes are "white keys". The 
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white and black keys together form the chromatic scale, and each step in this scale 
is called a semitone or half step.

C major is the white keys, and if you start from C (the white key before the group of 
two black keys) and play all the white keys, you play the scale of C major. If 
instead of C major you wanna use G major, you start from G and play the same 
intervals between notes... so that you use F# (the black key that comes after/above 
F) instead of F. That's because the interval between F# and G is the same interval 
as between B and C - a half step. It's all about the intervals - how the notes you use 
are spaced out.

The major chords are a chord made up of notes where the second note is four 
semitones (or half steps - steps where the black keys also count) above the first, 
and the third note is 7 semitones above the first. It'll sound positive and upbeat, 
like C major. The minor chords have their second note 3 semitones above the first, 
and like the major chord its third note is 7 semitones above the first. It'll sound 
sad, like A minor. Some chords use different intervals between notes, or more than 
3 notes. Once you understand scales and basic chords, you can construct your 
own chord to fit the scale you're in. You don't have to know what a chord is called 
before using it. Some DAWs will display the name of the chord you're playing.

Just to make things confusing in an attempt to clear things up, another way of 
looking at it is to ignore the intervals and focus on the note names instead. C, E, 
and G are used to make up a C major chord. These can start from C and hit the 
subsequent E and G notes, but they can just as well start on E or G. Chords that 
don't start on the "right" note (the root of the chord) are called inverted chords. 
EGC and GCE are still C major chords, but are inverted versions of it.

Chords are usually played and changed on the downbeat (starting on the thicker 
vertical lines), but if the rhythm allows it they can be placed with different timing. 
They can also be played as arpeggios so the chords roll in instead of just being hit. 
This can be done with an off-beat start, but it can also be done from the downbeat 
forward.

Chords can be played with melodies from multiple instruments instead of blocked 
chords from a single one. They can be stacked on top of each other, and broken up 
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into individual notes. They can span several octaves, and not all notes in all 
octaves have to be used. In music, this is called texture. It's more advanced stuff 
that you can experiment with once you know the basics.

Aside from writing chords, you need to understand how to write music so the 
instruments don't step on one another. While EQ (more about that later) can be 
useful in cleaning up such messes, it's better to just avoid writing a lot of 
instruments into the same frequency range. A basic band has drums, bass, 
harmony, and lead, each with its own place. Imagine a jazz band, with drummer, 
bassist, pianist, and lead... saxophonist, or guitarist, or singer, or something. 
DarkeSword wrote a good guide to this, which you can find on his website. No 
matter how you distribute the instruments, higher pitches are usually easier to 
hear, so leads tend to be written higher than harmony. Each instrument has its 
own range, with bass and bass drum having different parts of the low range, the 
snare drum and the harmony having different parts of the mid range, and the lead 
and the cymbals having different parts of the high range. Of course they 
sometimes overlap, especially as the melody moves around, but the idea is that 
they all have a space that's their own that they can use.

Anyway, most of the funky symbols at the beginning of staff notation are there so 
ppl know the scale the music is in and play the right notes. Staff notation only 
allows for 7 different notes in an octave, so additional symbols are used to change 
scale or add off-scale notes. This is so that it's easier to sight-read, to read as you 
play.

One symbol is required knowledge, tho: the symbol # (called sharp) indicates a 
sharp note, ie one that's a semitone above the white key specified. G# is the black 
key above G, A# is the black key above A. A symbol similar to a lowercase b 
(called flat) is used for the opposite (so that Db is the same as C#), but DAWs 
usually just use sharps. Because computer music is based on keyboard 
instruments - which is based on the piano - it has just one black key between 
white keys, so that's how our piano rolls look.

Note that some music traditions (such as classical music) make a distinction between 
A# and Bb. These notes are practically the same on guitars, piano, and in DAW 
projects by default. It's called equal temperament, a tuning system that works the 
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same in all scales. There are other tuning systems. Classically trained musicians 
and composers will make a distinction between A# and Bb, because in some 
tuning systems they are not the same note. And in blues music, there's the so 
called blues note, which is somewhere in between two semitones, generally used 
to be ambiguous about whether a melody is major or minor. If this stuff is new to 
you, don't go trying to understand microtonal music just yet. I don't.

There are also so called "modes", which are essentially scales that start and end on a 
different note in another scale. Aeolian mode starting from A is the same as A 
minor. Ionian mode starting from C is the same as C major. Ionian mode starting 
from G would use F# instead of F. Dorian mode is the white keys, starting from D 
instead of C. It's easy to learn when thinking of it as a series of white-key-only 
scales. Starting from C, the modes are Ionian, Dorian, Phrygian, Lydian, 
Mixolydian, Aeolian and Locrian. If this interests you, look it up on wikipedia or 
elsewhere, and experiment with it.

There are other scales and they have their own modes. That egyptian-arabian-desert 
sounding melody? Start from E, but use G# instead of G. That's the phrygian 
dominant scale, also the fifth mode of the harmonic minor scale, common in some 
middle-eastern music traditions, and the styles they've influenced, such as 
Flamenco and Klezmer music. A slight alteration to that, and you'll have what's 
called the minor gypsy scale. Pretty much any series of notes within an octave can 
be a scale, the simplest being the universal pentatonic scale, represented in the 
black keys on a piano. Scales are usually defined by their intervals, half-step, 
whole-step, and augmented step, corresponding to 1, 2 and 3 semitones 
respectively.

That's not to say all foreign scales can be played on a piano without tuning it 
differently, and the same applies to the virtual instruments in your DAW. But very 
little video game music (so far) uses other tunings and scales. If this stuff interests 
you, there's google and wikipedia.

-

-melody-
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While not all forms of music have or need much of a melody (percussion-only music 
come to mind), most music has melodies. Melodies tend to utilize mostly the notes 
present in the underlying chords. Like chords, melodies tend to need to stick to 
the scale so it doesn't clash. Make sure your harmonies and melodies all use the 
same scale.

Melody is both rhythm and harmony, which makes it the most difficult thing to 
write well. It's also, usually, the most noticeable and memorable thing in a song, 
whether the melody is sung or played.

Writing original melodies can be a lot of work. It's not hard to put the notes on the 
piano roll, but to make them actually sound good can take a lot of work, or a lot of 
practice. As timaeus222 put it: "A memorable sequence of notes that flow in a 
logical manner while lying within the same key of the current section of the song." 
Most ppl who write music also play instruments, so they can work out what 
sounds good on an instrument before writing it down.

When remixing, the best melodies are often the simplest, as they lend themselves to 
all kinds of styles and rhythms. Interestingly, the Super Mario Bros Overworld 
music is a pretty difficult melody. I would suggest Zelda melodies as ones to start 
with (esp. the ocarina songs), but there are lots of games with simple and 
accessible melodies to work with. It's good to keep in mind that some ppl prefer 
melodies that aren't drastically altered in rhythm or harmony, so when trying to 
appease them it's usually best to build the rest of the track around the melody... 
but this can lead to a very conservative arrangement. Personally, I prefer starting 
from a rhythm and making the melody fit the rhythm. This forces me to write the 
melody differently, but I can still keep it in line with the original.

Under the main melody, many songs use other melodies as backing. Basslines and 
guitar riffs are good examples of this. Many backing melodies are simple and 
repetitive, and change with the chords. Some of them are really just a rhythm at 
which the chords are played, one note at a time. Sometimes only the first note in 
the chord is played on the bass. If you're new at this, I suggest you don't try to 
write a complicated, octaves-spanning bassline just yet. It's not just difficult to 
write well, it's also more difficult to mix.
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While sticking to a scale means it's difficult to accidentally makes notes sound really 
wrong, in order for them to really sound right together it's best to make sure the 
melodies mostly use the notes in the chord at that time. Without getting into more 
complicated stuff, consider a song based on two chords, C and Em. The harmony 
plays these chords, the bass plays their root notes C and E... On C, the lead plays 
something based around the notes in the C major chord (C, E, G), on Em 
something based around E minor (E, G, B). This doesn't mean it has to be only 
these notes, but that a note that isn't in the chord (like a D) can be used but 
probably shouldn't be emphasized, and something outside the scale (like a D#) 
will probably sound horrible. On the downbeat, notes from the chords are usually 
used, while others are used to tie those notes together. Usually.

Because chords can be made up of more than three notes, you can construct melodies 
that imply more complex chords than what you've actually written in the 
harmony. For example an Em7 chord (E, G, B, D) can be implied by using a D in 
an E minor chord, or an E in a G major (G, B, D) chord. Sometimes, this can be 
written as G/E, which means that in a band, the bass plays an E while the guitar 
plays a G major chord. It still sounds good. Try it in your DAW.

While you're at it, try some other notes on the bass, too. A D# won't sound as good 
as a C there. That's why we have scales.

Note that I wrote this guide based on how I started writing music - starting from a 
chord sequence and writing a melody on top of that. You can also start from a 
melody and write the chords to fit the melody, or starting from a rhythm, or 
whatever makes your music better. Try everything.

-

-timbre-

Technically, timbre is frequency distribution, which we'll talk about more in the 
synth sections. I'll just cover the musical side of it here.

Timbre is about the sound of an instrument when compared to a different 
instrument playing the same note. There's great music out there that uses only 
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percussion with different timbre and interesting rhythms. A typical drum kit has 
three basic elements: kick, snare, and hihat. These have very different timbre, very 
different sound. A basic beat involves all three of them, and their differences make 
the drums more interesting than if they were all the same.

Drums have different sounds depending on how you hit them. For example, most 
drums have low, booming sounds when hit in the middle, and a brighter sound 
when hit closer to the edge. This has to do with how the drum vibrates to create 
sound. Bigger drums, wider drums, drums of different materials, and drums with 
different tension all produce different sounds (the tom drums in a drum kit are a 
great example of how size matters in this case). Other percussion elements have a 
different sound depending on material, shape, how they're hit, and other factors.

You can create big epic scores by using an instrument with the right timbre for the 
lead melody during a somber part, and the right lead timbre for a bombastic part. 
If you play just one note, any note on any instrument, to describe a setting, mood, 
or character, what would you use for ancient China? What would you use for 
viking Scandinavia? How about the darkest Africa? The wildest west? Ocean 
depths? Or space, the final frontier? Now ask yourself why this instrument fits 
this setting.

There are other ways of looking at timbre that might help you understand it. Vowels 
and many consonants (ones you can sustain; ones that aren't plosive like k and d), 
what we use in speech, are basically the same air coming out of our lungs, but 
filtered in our throat, mouth and nose, giving them different timbres.

An even simpler way is to just call timbre 'brightness'. The start of a sound might 
have a different timbre than the rest. Consider a piano, how a long note loses 
brightness. It's because brighter parts of the sound fade faster from a vibrating 
string. Timbre is what those brighter parts are, specifically which exact tones they 
are and how loud they are.

Usually, a soft note has a different timbre than a loud note, even though they're from 
the same instrument. Physically, this has to do with the amount of higher 
frequencies produced when the note is more forcefully played. Virtual 
instruments, especially synths, often emulate this with a filter that cuts out more 
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of the high frequencies from soft notes. Playing soft notes feels lighter and 
smoother, and in some parts of your melody, you might need that. A good 
performance often has varying timbres.

I could just as well have called this section sound design. But more about that in the 
picking and creating sounds sections later. More about timbre in the waveform 
basics section, also later.

-

-time signature-

Time signature is about how the notes fit into a bar (not the premise of a joke), or 
how many notes fit on a length of the grid. In staff notation it's completely up to 
the composer how the notes are written and divided between bars, but in a DAW 
you usually have to set this yourself for the notes to default to the right places. 
Most DAWs default to 4/4, or four quarter notes' rhythm. You count to four (the 
first number), at a rate of each note being a 4th (the second number) of a standard 
measure. 

If you listen to some songs and count with the rhythm, you usually end up with 
numbers divisible by 3 or 4. The song known as Zelda's Lullaby (actually from an 
earlier Zelda game) is in 3/4, you count to 3, 6, or 12, depending on how fast you 
count. Saria's Song is in 4/4, the most common time sig; you count to 4, or 8.

Putting a melody to a different time signature can yield some interesting results. 
You'll have to have a different rhythm because the old rhythm doesn't work in a 
different time signature. This forces you to do things differently.

You'll eventually wanna learn more things to do with the rhythm, like triplets. 
Triplets are when you fit three notes into the space of four (or two). You can use 
triplets in a 4/4 time as a fill, or even as a transition to 6/8. In a way, 6/8 is 3/4 
twice as fast. Some of the songs in Halo are like this. Duplets is when you put two 
notes in the space of three. With four in the space of three you've got quadruplets.

The first number in the time signature is the number of notes, and the second the 
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type of note or the note length used to measure the length of a bar. 4 quarter notes 
per bar is the most common time signature, 4/4, you have a typical, regular dance 
beat in 4/4. 3/4 is a waltz rhythm, you count three quarter notes per bar. 6/8 is 
the same length, just more notes.

The second number is note length, x/4 meaning x quarter notes per bar, x/8 
meaning x eighth notes per bar. Whole notes (that's be /1, rarely used) are about 
two seconds long, or one bar. Half notes (/2, also rare) are about a second long, or 
half a whole note. Quarter notes (/4, most common) are a quarter whole note 
long, or half a second. Most dance tracks have a bass drum on every quarter note. 
Eighth notes (/8) are an eight of a bar long. Sixteenth notes (/16) follow this 
pattern, being a sixteenth the length of a whole note, or half an eighth note long. 
Sixteenth notes are pretty fast, playing them on a hihat typically requires both 
hands.

There are songs in rare and irregular time signatures, progressive time-sig-changing 
tracks and other fun to be had. Super Metroid has a few good examples, including 
7/8 and 5/8 as well as less exotic ones like 6/8 and 4/4. And then there's swing, 
or shuffle, where off-beat notes are a little late, giving a more stuttered or 
swinging rhythm. When you swing notes far enough, it'll sound like 6/8 (with the 
2nd and 4th note missing). Many DAWs have features to swing rhythms and to let 
you set by how much. When I play irl, I sometimes do this. By accident.

Basically, time signature is how many notes of the same length that fit between two 
beats. Basically.

-

-more chords-

Consider the chord Em7. You should know by now how to play/write an Em, but 
what's that number doing there? All notes in a scale have numbers, starting from 
the root of the scale. Most scales have 7 different notes, after which you're at an 
octave, derived from the Latin word for 8. The number in the chord is adding a 
note to the chord, specifically, a D. When starting from E, the seventh note in most 
scales is a D.
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In scales where the E is a major chord, the seventh note can be a D#, which is written 
Emaj7, or sometimes with an uppercase M (EM7) or other confusing notation. The 
exception is when it's just E7, which is an E major with a D. Personally, I don't like 
this sound on its own, but it sounds great in the right contexts. I surprised myself 
when I managed to write an E7 into a song, and it sounded good. All chords 
follow that same pattern, a Cm7 would contain a Bb (aka A#), as would a C7. A 
Cmaj7 would contain a B instead.

Seventh chords are also useful when changing to a different key. The easiest way to 
start learning this is probably to move from D#m7 to Dmaj7, then find some way 
to work that into a longer chord progression. Seventh chords contain notes that 
pretty much define the scale they're in. For a jazz vibe, change key within your 
chord progression, then change back.

Then there's sus, or sustained chords. A sus chord shifts the third (defining major or 
minor in a chord) to either a 2 or a 4. A Dsus2 would contain D, E and A, a Dsus4 
D, G, and A. The funny thing about sus chords is that they can be seen as the sus 
of another chord as well - Dsus4 containing the same notes as Gsus2. Typical sus 
usage is moving forth and back between a sus4 and a regular major, eg Dsus4, D.

You can also just add notes to chords, then usually signified with the word add. 
Dadd4 would add a G to a D major. Unlike sus, the third is also in there. The 
chords add9 and add11 are add chords that also contain a 7, because it's easier 
than to have it read add7+4.

Diminished chords are minor chords where the fifth is a half step lower. Look at the 
B chord in the C major scale, it's a Bdim, having the same interval between root 
and third as between third and fifth. Bdim contains B, D and F. Augmented chords 
are the opposite, they're major chords with the fifth shifted a half step up. An Faug 
contains F, A and C#. So does Aaug and C#aug. They're the same chord.

We covered inverted chords earlier, but those were regular inversions. These 
advanced chords can also be inverted, or shifted around. An uninverted Cmaj7 is 
laid up like this: C, E, G, B; but if you wanna emphasize the B-C interval, you 
might prefer the first inversion: E, G, B, C. Any series of notes that make up a 
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chord can be inverted any way you want.

You can also space it up more, and use as many octaves of any of those notes as you 
want. This is called texture. Guitars, by design, won't let you play the chords at 
their notes' smallest intervals. E chords are a good example, where you only have 
a single string define if it's a major or minor, the other 5 being either E or B. 
Compare the piano and the guitar: a piano can fit six notes within two octaves, E 
G B E G B; whereas the guitar needs three octaves: E B E G B E. Both are Em 
chords, but they'll sound quite different, even if you'd play them both on piano.

Those other strings can also be other notes, making an Em7 a good example of 
spacing up chords. The aforementioned example could fit within an octave and a 
half on piano, but it sounds great when spaced up like this on guitar: E B E G D G. 
The lack of a high E hints at this being a G major instead, but the presence of the 
lower Es keep it an E minor. It can also be spaced up like this: E B D G B E, which 
requires only one finger to hold the chord, making it easy to play on guitar.

There are a lot of ways to combine notes into chords, and most possible 
combinations are a chord of some kind. The difficult part is not writing a chord, 
it's making the chord fit with other chords, and with the melody of the song. 
Starting out, it's best to stick to a scale, where you can still add notes for more 
interesting chords, and later experiment with changing scales. 

-

-about real instruments-

If you play an instrument, you'll have an easier time with learning to write. This is 
probably the easiest for pianists and keyboardists, as most midi instruments are in 
the form of keyboards. While there are midi guitars, electronic drum kits and 
various other midi hardware implementations of instruments, the keyboard 
remains the most widely used because it allows for simultaneous input of notes. 
Knowing how to play piano helps a lot, but it's not necessary when you're starting 
out. After all, the writing part is really just about putting notes that sound good in 
places where they sound good.
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Any instrument lets you play music yourself rather than just listen. It's participatory. 
It's interactive. As you probably have heard music before you learn to read and 
can read this guide, you'll probably try to play the songs you've heard on 
whatever instrument you may have in your home. Maybe it's children's songs. 
Maybe it's pop hits. Maybe it's hymns. Maybe it's video game music. You'll try to 
reproduce the melodies you remember. In doing so, you already have an idea of 
what sounds right and what doesn't sound right. As most music stick to a single 
scale, and even the ones that change scale a lot usually only play in one at a time, 
you'll learn scales even if you don't have a concept of them just yet. This is true for 
every instrument you can play a melody on.

Through playing, even occasionally, you'll probably pick up things about rhythm, 
come up with some cool riff or chord sequence. We had a small kalimba in our 
house, so I played kalimba. Or rather, played with the kalimba. I made a cool little 
riff on it that I still remember, 20 years later. Whatever the musical things you may 
have around you, use them. You'll learn cool little music things that you might 
have use for at some point, even if you never get good enough to play in front of 
anyone else.

I've tried a fair amount of instruments, and don't claim to be competent in all of 
them - I'm barely competent in the few that I can play. Still, anything you can 
consistently make sound with counts as an instrument (recorders are hereby 
disqualified), and if you have even the slightest control over the notes you 
produce, you can use it to come up with cool ideas to then try to write into your 
DAW.
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ARRANGEMENT

This is a relatively short chapter. If you're reading this guide, you probably wanna 
remix video game music. That's what we're focusing on here, tho arrangement can 
just be taking your own melodies and making a more cohesive song out of it. 
Whether you're working with adapting other music or you just wanna write your 
own stuff, read this chapter. At least the parts that are relevant to your goal.

-selecting source-

Remixing is about taking a source material and making something new out of it. In 
our case, the source is one or several video game tracks.

As mentioned before, the SMB overworld theme (you might know it as that Mario 
song) isn't easy to work with, while most of the ocarina songs from Ocarina of 
Time are. While you're new to remixing, it's better to remix a simple source that 
you can learn quickly than a complicated, difficult one... even if you know and 
love that complicated one.

This is also why so many older games are remixed - the technical limitations forced 
composers to focus on melody, which makes a lot of the music accessible and 
easier to remix. There are of course newer games with accessible melodies, and 
old games with difficult music, so use your ears to figure out if the source you 
have in mind will be difficult or not.

When it comes to classics, I would suggest Zelda, Mega Man, or Final Fantasy music 
as a good source of music to begin with, and move on to Halo, Sonic, Metroid, and 
Donkey Kong next. Start with something simple, and move on to your favorite 
complicated sources when you know how to. Remember that a game with a lot of 
simple songs can have some difficult ones too, just like a game with lots of 
difficult ones can have a few simple ones. Use your ears.

As mentioned above, game music from platforms where the music was sequenced, 
not recorded, tends to be more accessible. Especially the NES and gameboy tends 
to have music that's easy to remix (with some exceptions, there are always 
exceptions), tho many grew up on SNES or N64 or the Sega consoles and prefer 
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music from those.

Also note that you can incorporate multiple sources into your works. As an example, 
the arpeggios of the Final Fantasy theme can be used as a backing for other 
melodies (FF or otherwise), with the arpeggio notes altered to fit whatever chords 
necessary. OCR generally doesn't accept medleys unless they creatively use all 
sources included instead of relying on changing source to provide variation... but 
that doesn't mean you can't write whatever you wanna write and put it online 
somewhere else.

-

-adapting/interpreting-

It's easy to take a melody and write some basic chords behind it. When you give the 
melody a new rhythm or chords, it changes how the track feels, and you're doing 
something much more interesting and more in line with what ocremix is looking 
for - a new take on the source. In those cases, you're creating a new rhythm or 
harmony for the existing melody, but there's a lot more you can do.

Like I said before, I sometimes start from a rhythm and make the melody fit that. 
That way, the melody gets altered and I don't feel restricted by how the source 
sounds. When I do this, I can start from a drum track or a bassline, and then add 
the melody. I alter the bassline to sound interesting on its own while still fitting 
the harmony of the melody, and then write chords around that.

Sometimes I just experiment. What if I didn't use a bass drum? What if I'd use this 
latin drum loop for an electronic song? What if I make the drum sounds myself, 
with synths? What if I offset the melody so it doesn't start on the beat? What if I 
change the time signature? What if I use this rhythmic pad sound for this remix? 
These experiments have become some of the remixes I've made.

You can take a part of a melody and make something else of it. Take the three first 
notes from Ocarina of Time's Song of Storms, ask yourself what you can do with 
just those three notes? A groovy bassline, or an aggressive one? A repeated 
arpeggio to be played throughout the song? A chord? A riff?
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-

-arranging-

A typical song is intro-verse-chorus-verse-chorus-ending (or even simpler: A-B-A-B), 
and sometimes has a bridge leading into one of the choruses. Older video game 
music tends to be written more like A-B-C-repeat because so much of it is looped. 
The arrangement is often more interesting when you break from this mold and 
make your own progression of ideas, your own order of the parts. It gets even 
more interesting if you break up the melodies of the original so you can use them 
in whatever part of the remix you want. That's how I've made some of my 
remixes, tho not all of them.

This is something newbs often have trouble with. A typical newb will start with the 
original and expect to alter it as it progresses. Unfortunately, it usually doesn't. I 
prefer to create a new take on the source, starting from the middle, building the 
bulk of the song and then deciding what I want to use in the intro. By then I'll 
have a middle that's different enough from the original, so no matter how I start 
the remix it'll lead into my version.

A lot of music is based around dynamics, which could also be called intensity. How 
heavy, or driven, or big is a moment in a song? How was it just before? Where is it 
going? Throughout the song, it'll increase and decrease in intensity. A typical song 
with verses and choruses will downplay the verses so the chorus sounds bigger, 
heavier, more driven, more intense. A typical progression leads towards a big 
finish, usually a chorus, and then ends, either quickly or through a softer section. 
A lot of music today doesn't change much in level, which is what dynamics 
traditionally is about (and still is, to audio technicians). Dynamics is the difference 
between loud and soft. A dynamic track has soft parts and loud parts. A good 
arrangement will have more intense parts and less intense parts.

You can also change the tempo (the speed of the track) to make some parts more or 
less intense. This works well in orchestral or piano tracks, as they are natural 
performances that follow the rhythm of a conductor or performer. Electronic 
music is typically made to be easy to DJ, so tempo changes are avoided. That 
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doesn't mean they can't be used there as well, but may seem gimmicky. 

Note that dynamics often refers strictly to level. While more intense parts are usually 
also technically louder, this doesn't have to be the case. It's fairly hard to do it 
otherwise, tho.

-

-direction-

All of this should have direction, which is a tricky subject. Direction is the sense of 
an arrangement going somewhere, building towards something, not just being a 
bunch of cool ideas but being put in some arbitrary order. It's a deliberate leading 
of the song and the listener in a specific... direction.

In a typical verse-chorus-loop song, this big ending is usually a chorus, possibly one 
that follows a bridge, possibly in a key higher than previous choruses, possibly 
with other changes to make it bigger or otherwise bring about a sense of closure to 
the track. A similar thing can be heard in old Mario music, which would speed up 
when time begins to run out, or in some racing games (eg F-Zero GX/AX) where 
the last lap has more intense music than the previous ones. Likewise, a boss battle 
or even a regular level in a game can have multiple stages with different music 
(Mega Man X's final boss level comes to mind, as does the final battle in Seiken 
Densetsu 3). These methods are used deliberately to raise intensity towards the 
end.

On the whole, you can think of the arrangement as if it's a story. While some stories 
start slow, movies are often constructed around the idea that they have to start big 
to grab your attention (a James Bond movie opening), then slow down to explain 
stuff, then build towards the big conflict, after which it ends. There may be lulls on 
the way to the big conflict, the hero might fail and have to redeem himself. There 
may be an epilogue. That's one idea for an arrangement.

Note that you don't need to write a story for your music to give it direction, a story is 
just a good analogy for how the dynamics work in arrangements.



rozosremixingguidev12

31

In music, a lot of this can also be used to craft more interesting structures than an 
ABC-repeat or a verse-chorus-loop. If you listen to well-written music, there's a 
sense of direction to the music, a bit of a predictability to it, yet you never know 
what way it's gonna take to the big finale - through a long, slow build-up, or 
through a series or buildups and breakdowns - a dynamics roller coster. Or 
perhaps the arrangement is a series of variations, each revealing something more 
until they combine for the finale. There's a lot you can do with your track.

Much like stories, music can be written with changes out of the blue or with changes 
foreshadowed. For example, if your mix has vocals in them, it's usually a good 
idea to warn the listener of this before the singing begins, otherwise it may come 
as too much of a surprise. Likewise, one of my pet peeves, voice clips can do the 
same, as can sound effects, voiceovers, and other non-music elements. Changes in 
instrumentation or genre can do this too.

Arrangements that ppl react to as having unexpected changes (especially in style or 
instrumentation), endings that feel flat, strangely long or short sections, excessive 
breakdowns, or a lack of "flow"; they have problems with direction. The best 
solution is to cut the arrangement apart and put the pieces back together 
differently. The intro can be made longer, the break in the middle can be shorter, 
some new ending material can be added, new instrumentation can be introduced 
earlier, and fills and lead-ins can be added to signal changes. Likewise, you can 
remove stuff. You don't have to use every idea in the arrangement, just the ones 
that make the arrangement better.

Some genres are all about foreshadowing. It may seem that many styles of dance are 
mindlessly repetitive, but what they lack in musical complexity they make up for 
in direction. Throughout the track, there'll be development, filters opening or 
closing, instruments fading in or out, and a slew of cues as to whether the track is 
gonna spend the next half minute kicking ass or kicking back. There's a reverse 
crash playing now? That could mean that the track is about to change. Filter 
opening? It's a build-up.

Like great games teach you the mechanics as you play, starting simple but having 
increasingly difficult enemies/puzzles/levels/challenges; and stories introduce 
elements that become important later in the story, music should be preparing and 
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explaining what's going on in the song without spoiling exactly what's about to 
happen. Direction is deliberately heading somewhere with the music, and making 
sure the listeners knows it.

-

-blocks-

Most sequencers work with regions, loops or patterns, blocks of note data, and this 
can lead to the writing sounding... blocky. What I mean by that is that transitions 
are abrupt and there's a clear difference between part A and part B of a track. 
While it's usually a good idea in most styles and genres to have distinct parts, you 
should transition between parts in a smooth way.

A melody doesn't have to begin on the first beat. The Super Mario Bros theme/
overworld has the melody of one of its parts begin after the beat (the b- or c-part, 
depending on how you count the intro). The Zelda ALttP Dark World track begins 
the lead melody with a note before the first beat of the melody "block". You 
typically need an intro or something to fit a melody beginning before the part's 
own first beat.

While any instrument can have a lead-in melody towards a part, drums tend to be 
the easiest to imagine. You have an A part and a B part, you write a fill for the 
drums at the end of the A part leading into the B part. It's that simple. The same 
could be done with a bass, just imagine the bassist doing a long sliding note before 
he begins the part proper, or something else. Or the same thing on a keyboard, or 
anything. Changes in the instrumentation before the end of a part help to 
transition into a part with different instrumentation. You can drop out the drums 
earlier and let the rest of the instruments finish the part normally. You can bring 
drop out the previous lead and bring in the piano before the piano part begins 
proper.

Another way to deal with the block structure is to emphasize it. A typical "four on 
the floor" beat with two parts to the rest of the music can have its transitions 
emphasized with a crash at the beginning of a new part. As mentioned in the 
direction section, a reverse cymbal or a similar-sounding noise sweep can 
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forewarn the listener that something's about to change, which makes the change 
seem more natural and expected.

Some types of music isn't repetitive enough to benefit from block-based sequencing, 
so find good songs to study to learn to avoid the blocky sound. I imagine piano 
music being a good example of this, obviously depending on the song.

-

-emotion-

So you have written your melodies, harmonies and rhythms, put them together, 
made sure to not transition abruptly, but the arrangement still doesn't quite work. 
What's wrong? Probably the emotional landscape.

Say you start off with a sad little melody with sad little chords, and then transition to 
something bouncy, crazy, overly happy. That generally doesn't work. This means 
your story goes from something like "my puppy is sick and dying" to "let's have a 
party". Not the best combination of themes. For that to work, you'd need to add 
an emotional transition, where the puppy gets better. This can be done in two 
chords.

Chords are usually the key to the emotional landscape. For practice, try writing 
something using only chords, no melody or rhythm, just chords. The way the 
chords interact get you a whole lot of different emotions. Let's consider the C 
major scale. The G can follow F, making it lead up to a triumphant C. It can also 
follow Am and lead to a calming F. These chord movements imply melodies, and 
our ears will make something up using mainly the highest and/or root notes in 
the chords. This implied melody will also color the emotional landscape.

The arrangement, overall, should change emotional states, but still make it a single 
emotional landscape. The example with the puppy above has three states: minor 
and sad, building to major, and major and happy. The story the music implies is 
something like this: "Something sad, getting better, happy now".

Aside from chords, rhythm can do this too. A plodding rhythm will, even without 
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any melody or chords, sound... well, plodding, dragging, heavy, dull. Couple that 
with a march with it's steady, driving beat and you have two emotional states. 
There are lots of rhythms to use, and they all come with their own effects on the 
listener, just like chords. Even the lack of rhythm, a part of the track where 
nothing happens, can work.

The combination of rhythms and chords can yield a lot of interesting combinations. 
Play a few different rhythms over the same chords and you should hear the 
difference. Genres like trance, that thrive on long buildups excel at this. You can 
have the same chords for several minutes, but changes in rhythm and dynamics.

Again, thinking of the arrangement as a story helps. If two parts don't fit together no 
matter how much you write them into each other, consider that they're too 
different thematically and need a transition part to move from one to the other.

-

-humanizing-

Humanization is something newbs often overlook. They've written their song, 
arranged it, so now it's done, right? Okay, so it's not mixed and mastered, but the 
writing is done now, right? Well... no.

Humanization is about performance, more specifically about the illusion of 
performance. Your notes might look good on paper, but they're stiff and 
mechanical when you hit play. This is not the computer's fault, it's just a very 
precise performer. A good performance starts from a good, dynamic arrangement, 
but it should sound as if real ppl played the parts. In the next section, I'll get into 
the midi tools used to humanize those parts.

Consider a solo piano piece. Some notes are soft, others loud. They don't necessarily 
align with the grid perfectly, even if they're played to an unchanging tempo. They 
sound different from one another. This isn't just a random failure to play the notes 
at the exact right time or the exact same way - this is a performance. Same with a 
rock song's crazy guitar solos. Most electronic music is exempt from the need for 
humanization, as sound design often takes the role of the performer there, but 
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may still benefit from a performance-based thinking.

Humanization is about making things sound human, as opposed to just a machine 
playing notes fed to it. This is what sets this DAW stuff apart from writing sheet 
music - with sheet music you have human musicians that give you a human 
performance, here you have to do all that yourself. Some genres and styles need 
humanization more than others, as you'd expect an orchestra or a jazz band to be a 
lot more human-sounding than a trance or chiptune-y track would need to be. 
This difficulty leads to a lot of remixers making mostly electronic music, hence 
why ppl think ocr "only" has "techno".

Arrangement, sequencing, and tools - that's humanization. Randomization is about 
randomly changing some attributes of the notes slightly, change the length, 
timing, and velocity. This can help against a mechanical sound, but it won't create 
a human-sounding performance.

The samplers and synths you use might have some built-in features to make each 
note a little different, if you choose to use it. For samplers, it's called round-robin 
samples, where the note is samples many times so that when repeated, it won't 
play the same sample. This isn't really humanization (it's randomization), but it 
adds to the human quality by avoiding a pitfall of single-sample or static synth 
instruments - that every note sounds exactly the same. Some effects can help with 
this, too, such as rotor cabinets, guitar amp simulations, phasers and wah effects. 
In that case, it's usually less about a performance and more about hiding the 
repetition of the exact same sound.

Finally, there's something called quantization, which is the opposite of 
humanization, it makes notes adhere to the grid, making them sound mechanical 
as opposed to human. This is sometimes used if you record midi from a keyboard, 
and... aren't very good at it. Quantization adjusts the notes to the grid. Some 
DAWs let you control how much they're adjusted, to save some of the original 
performance while still letting you correct the timing automatically. When done 
indiscriminately, it's the opposite of both humanization and randomization. It can 
also be used to create a groove, if your DAW has a swing quantization feature.

-
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-humanizing and midi-

A lot of newbs think of notes as just having two human properties - timing and 
velocity - and yeah, these are the most important human properties of the notes 
you write. There's more to it than that tho. Let me first explain midi.

Midi is a standard that was established so that different music hardware and 
software could work together no matter who had built it. When you write notes in 
your DAW, you're probably writing in a format similar to the midi standard (plus 
some DAW-specific stuff). Contrary to common belief, midi has no sound, so 
when ppl say something "sounds like a midi" they mean that it sounds like what 
most computers play sequenced midi files as: rigid, unprocessed music with 
small, basic instrument samples.

It's happened from time to time that ppl have asked for a midi->mp3 converter to 
make their music into mp3, as if that would magically make their music great. 
While the midi data has information about what instruments are assigned to the 
tracks, it doesn't have any information as to what hardware or software 
instruments are actually being used - all the hardware mentioned above would 
have its own soundbanks so the midi would sound different on different 
hardware. The midi format lacks the sound design and mixing capabilities of a 
DAW.

Much of the midi stuff is relevant to humanizing, which is why I covered it above. 
The midi data contains information about each note, about each track, and about 
the whole file. Some is straightforward note information, other things are 
continuous controller data, or CC, which control track attributes. While knowing 
more about midi can be useful, I'll focus on velocity, timing, modulation wheel, 
pitch bend, sustain, expression, volume, and pan.

Velocity is an attribute of every note individually, it's what lets you have soft and 
loud notes on the same instrument. Nobody plays each note at the exact same 
velocity for real. The trick to humanizing velocities is to not just randomize 
velocity, but to put some thought behind it. Drums are a good place to start 
practicing humanizing velocities, or humanizing overall. Swing, off-beat ghost 
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snares, drum rolls, and hihat grooves are a good place to start.

Timing is a much more complicated thing, since much of the human performance 
comes from habit or a "feel", rather than a thought-out method. This is about 
offsetting the notes slightly, not writing them in distinctly different positions. 
Piano chords rolling in, or slow (or fast) strumming on a guitar are good places to 
start practicing this. Consistently offsetting off-beat notes gives you a swing or 
shuffle groove, which makes things less mechanical. A word of warning: 
automatic swing features might quantize the notes to this rhythm.

While a real band or ensemble would give everything a human performance, you 
can get away with just humanizing the most human-requiring parts of the song, 
such as piano or drums, perhaps most importantly leads.

Aside from velocity and timing, some instruments can benefit from vibrato and pitch 
bends. The modulation wheel channel (CC#1) of any midi track lets you alter 
some characteristic of the instrument, usually a vibrato. A vibrato is when the 
pitch of the note "shakes", changing quickly and slightly up and down in pitch. 
On synths, it sometimes controls the filter, letting you brighten and muffle the 
sound.

The pitch bend channel (special case, no CC standard) lets you bend the pitch of a 
note (usually by 2 semitones up or down), giving you the option of gliding 
between pitches. Lead guitarists use a lot of techniques that can be emulated with 
modulation and pitch bend. I'm pretty sure you can't make even a half-decent fake 
lead guitar without using them. What the mod wheel actually does can often be 
altered in the synth or sampler you use, e.g. some synth sounds use the mod 
wheel to open or close the filter, others for vibrato.

Sustain (CC#64) simulates a sustain pedal on a piano or other keyboard instrument. 
Use it to keep sounds playing after the actual notes have ended. It makes a big 
difference on piano tracks. Using a sustain pedal when you record midi 
automatically creates this data. Note that long notes are called sustained whether 
they're long by themselves or by the use of a pedal.

Expression is another control change (CC#11), and it's like a velocity control for long 
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notes. You can use this to play a chord on legato strings or a lead trumpet to 
change how loud it is. Depending on the sampler/synth you use, it might change 
more than just the loudness - it could also make the sound harder and stronger 
and likewise softer and smoother. If your sampler/synth has some built-in effects 
(like reverb) that a level change would screw up, expression is a great tool to 
change the dynamics of a sustained note without changing the effect level.

Volume (CC#7) and pan (CC#10) are control changes for how loud the track is, and 
where it'll sound like it's coming from, I'll explain more about what to do with 
these in the Mixing chapter. Depending on how your DAW works, these might (as 
they do in Logic, which I use) change the DAW's track/channel's volume and pan 
settings. If you use another method for controlling the channel settings, avoid 
these. They might be present in midi data that you import, so it's good to be aware 
that they might be responsible for any odd volume/pan behavior in your projects. 
They're not very useful for humanization, but they're relevant enough to midi so 
I'll just mention them here.

There are more CC in the midi format, but these should be enough. I can't tell you 
how to access them in your DAW, as that would mean loads of instructions to 
cover just the most common DAWs.

Remember, humanization is not randomization, it's the illusion of a human 
performance. Sometimes this takes a lot of work, sometimes less. Learning to get 
more out of doing less helps a lot.
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CREATING SOUND

This chapter is about sound design, it gets somewhat technical. If you didn't read the 
timbre section above, go read it too. While I talk more about tech stuff here, it 
could still be worth reading so you understand the physics of timbre in acoustic 
instruments. It helps a lot when getting into digital sound design to understand 
sound. I also mention several different effects here, which are explained later in 
the guide. Skip past this chapter if you know your way around synths and how to 
put together sounds that sound well together. Or you can read it anyway.

-picking sounds-

A typical problem newbs make is to pick a genre they don't have the resources for. 
The wrong solution is to throw money (or time and google) on libraries and other 
tools. The solution is to develop skill in the genre, altho a combination of skill and 
good sounds is of course better. Another typical problem is not being able to pick 
a genre, and ending up with an uncontrollable mess of sounds that don't sound 
good together. The solution to this is to pick one genre or style and not try to do 
everything at once.

Some sounds work together, some don't. If you have a rhythm that needs a strong 
snare, find a strong snare. If you have a lot of electronic sounds, use electronic 
drums. You can combine styles and sounds when you understand how to. The 
more in common the sounds have, the better they should fit in. On the most basic 
level, you'll want the sounds to be similar. A song with a rich pad needs rich 
rhythm sounds. A clear piano-like sound can be complimented with a clear drum 
sound. A chippy, lo-fi lead fits in with other chippy, lo-fi instruments.

When you move on from that kind of simplicity, be mindful of how well the sounds 
work together. When you hear songs that use sounds of very different style that 
normally wouldn't fit together, listen for how it's done. Sometimes the right 
mixing, the right effects can make things work together. Bitcrush complex sounds 
to make them fit a lo-fi sound; add a big reverb to simple waveform percussion to 
make it fit a more complex soundscape (I'll explain these effects later). Sometimes 
the difference is emphasized, like having a rap beat over old jazz or orchestral 
music. And sometimes, like with metal and orchestra, it just sounds good together 
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despite how different they might seem, because of the similar mood they may 
evoke. That doesn't mean that a fake guitar and some synth strings will sound 
good together, tho. Those instruments don't have the same timbre (nor 
performance) as their real-world counterparts.

Pick a style you can do, and do that. Just that. Learn that style. Experiment with that 
style. Pick sounds, instruments with similar qualities. As you experiment, you'll 
come up with combinations that work and combinations that don't work. Learn to 
tell the difference. As you move on from that style, use what you've learned there 
in whatever style you try next. There's no harm in trying everything, you can 
learn a lot from a style even if you can't make anything good in it (yet).

Do note that some styles are easier than others, and that you probably have to do 
both the writing and the production. If you don't have good strings and brass, or 
if you don't know how to write it, you probably shouldn't start with orchestral. If 
you don't have a real electric guitar, or if you can't play it, you probably shouldn't 
start with metal.

-

-creating sounds-

What do you do when you can't find something that works with the overall sound 
you have? Well, you can change that sound, or you can start designing your own 
synth patches/creating your own samples. This means you'll have to understand 
how synths and samplers work. This guide isn't supposed to teach you all that, 
there are better guides for that out there. However, I can tell you the basic 
principles behind creating your own sounds.

When you wanna understand how synths work, start by understanding signal flow, 
how the sound is made and transformed in the synth; that stuff also useful when 
you get into effects. Usually, it's oscillator->filter->output. The filter there makes it 
subtractive synthesis. The oscillator makes sound, the filter cuts out some of its 
frequencies (changing its timbre), and then an envelope determines and changes 
its level over the course of the note. When you have multiple waveforms, multiple 
oscillators, envelopes that control many things, and additional effects; the whole 
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thing gets... complicated. But it still follows the same principles. Don't expect to 
understand the whole thing right away.

It helps to learn to understand why things sound the way they do. What makes a 
sitar sound so twangy and different from a guitar? What makes a clean electric 
guitar sound different from an acoustic guitar? What makes a guitar sound 
different from a plucked cello, or a piano, or a drum? In a way, this is also about 
signal flow, but we're talking about vibrations in strings and other parts of the 
instrument, and in the air, instead of simulated electrical sound signals.

You should learn the basics of waveforms, filters, and envelopes. With just those 
three things, you can create a wide variety of sounds, with both samples and 
synths. By understanding what makes a sound sound a certain way, you can 
modify or create your own that have similar qualities to other sounds you're 
using. That way you'll sounds that work in whatever soundscape you have.

-

-layering sounds-

A technique often used when dealing with samples of less than stellar quality is to 
layer them. This means giving two instruments (or two different samples of the 
same instrument) the same midi data and usually the same processing. Subtle 
differences in timing can give it more of an ensemble effect, which can be great on 
strings, and terrible on drums. As for processing, you sometimes want to use 
different parts of the sounds together, maybe the attack of a piano but the sustain 
of an oboe, and you'd adjust their envelopes accordingly. Without advanced 
morphing techniques, this is probably the closest you can get to a piano-oboe. Or 
maybe you want an instrument that sounds more like a piano on low notes and 
more like an oboe on high notes, in which case you could use equalizers to divide 
the sounds up. Giving the sounds the same processing make them sound more 
like the same instrument, especially in regards to compression, eq, and reverb 
(more about these oft-mentioned effects later).

Drums are usually the instrument getting layered, since fat beats need fat sounds. 
The classic example of drums layering would be to combine a bass drum with 
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punch and click with a bass drum with lots of low frequencies. Or maybe a shaker 
with a hihat for a smoother sound. Consider the kind of sounds you can get by 
combining toms with congas or bongos... or trash cans, or explosions, or the sound 
of chopping wood. You may have to tune the samples, to adjust them so they play 
at the same pitch. You can go crazy with layered percussion as long as you avoid 
sounds with too many tonal qualities that could turn dissonant when combined 
with your melodies and harmonies. Just make sure the rhythms are clear; tracks 
can get real messy real fast if you just throw random rhythms on top of each other.

As fun and useful as layering can be, sounds can get overly rich and interfere with 
other tracks in the mix. Less is more, or at least easier to mix. I find that my 
layered drums sound the best with two or three layered sounds, as more than that 
gets messy. You can of course create a really rich, fat sound and then EQ it down a 
lot, but this can produce something that sounds artificially thick, likewise if you 
have to compress the sound a lot. It's often best to utilize good sounds that 
provide different qualities for the instruments, like a wavering solo cello with a 
viola ensemble, soft synth strings with sampled ones, a soft piano with an old 
typewriter, a thin pad with a warm pad, strings with choir... and so on.

While all this can easily be achieved by adding midi tracks with the new 
instruments, layering samples is often more convenient to do within a sampler. 
When you can, put them in the same sampler. When you need to, use different 
samplers/tracks/instruments.

When dealing with music that needs to be loud, it's good to have control over the 
timing of the samples in relation to one another, as a shift by a few sample points 
either way could give you the same impact at a much lower peak amplitude 
(actual level at its peak, its highest point). You'll also want some way of seeing the 
combined waveform (I use an AU called s(m)exoscope), especially if you're 
working with more than two layers per drum. This technique came as a revolution 
to me, I was able to boost my music several dB without any new processing.

When two positive or negative signals overlap, you get an even louder signal as a 
result, which is why controlling individual sample timing and tuning is such a 
useful technique (if one signal is positive and the other is negative, they cancel 
each other out). While two identical signals only make it louder, two non-identical 
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but similar signals gets you richness. This works whether you're using virtual 
instruments or recorded audio tracks, the most commonly cited example being 
rhythm guitars, but the most commonly occurring example being choirs - or just 
ppl singing in unison. In both examples, the resulting sound is much richer and 
thicker. This is a good thing for primary instruments, but it can also make it 
difficult to mix, especially if this isn't your lead instrument.

If you don't want to EQ down your great layered sounds a lot, you can use panning. 
Record your rhythm guitar twice, and pan the two opposite each other. You'll get a 
wide, rich sound, and room in the middle for your lead. Record backing vocals 
over and over, combine the takes, spread them in panning, let them fill up the 
frequency gaps in the mix. You can use the best takes as a center-panned, louder 
lead, and use ones with minor flaws in timing or intonation as backing.

Just don't overdo it. Even tho a choir is a powerful, emotive instrument, so is a 
soloist. Layer where appropriate.

-

-waveform basics-

Okay, basic wave physics: sound is vibration in the air, like waves in water. These 
waves travel at the same speed, but can come from different directions, and there 
may be small waves, large waves, long waves, short waves... The main difference 
is that sound waves are a lot faster, and that we tell the pitch of different sounds 
by how many waves there are in a split second. Well, our ears and brains do, it's 
not like we can count that fast. For comparison, pre-HD TVs refresh the screen 
with a new image 24-30 times every second and we can't really notice this, but we 
can make out air pressure waves changing as rapidly as 40 000 times per second... 
at least when we're young and haven't been to any loud concerts. This is the 
20kHz limit of human hearing.

We count the pitch of a tone by how many distinct waves there are in a second, that's 
the Hertz, or Hz unit. Human singing ranges from 80Hz to 1100Hz, over six 
octaves (with crazy exceptions), the piano with the greatest range spans eight and 
a half octaves. Every sound from the human voice or a piano is made up of a lot of 



rozosremixingguidev12

44

distinct frequencies that combined make up the sound we think of as being voice 
or instrument, so every note will contain tones higher than the note pitch. 
Remember the word timbre? This is it.

A waveform is the shape of the wave used in a synthesizer to create the sound (or 
that of any real instrument... or any sound at all). The simplest of these is a sine 
wave, which is a single tone, as smooth as it gets, completely lacking overtones. 
All other sounds can be said to be a combination of sine waves of different pitch. 
A vibrating string (like that of a guitar) will produce a sine wave at a set 
frequency, another at twice that frequency (at half the length of the string), a third 
at three times the first frequency (a third of the length of the string), another at 
four times the first frequency... and it keeps going. The combination of these 
harmonic overtones becomes a waveform.

To keep the terms clear, here's an overview: The fundamental is the pitch of the note 
and its first harmonic. Harmonics are integer multiples (note frequency multiplied 
by any whole number) of and including the fundamental. Overtones are 
frequencies higher than the fundamental that are part of the note, and are usually 
the same as the harmonics (except the fundamental). The individual frequencies 
are called partials, they're part of the waveform. Not all instruments have 
harmonics; Wikipedia says the first overtone of a bass drum is 1.6 times the 
fundamental, so it's an inharmonic overtone.

As for synth waveforms, sine is the simplest, purest wave, a single tone. The rest are 
named for their shape rather than the math behind it. A triangle wave has odd-
numbered harmonics, and remains a fairly soft waveform with overtones that 
decrease in volume as they increase in pitch. The square wave, also made up of 
odd-numbered harmonics, produces a sharper sound as its higher harmonics are 
louder than that of the triangle. It sounds like some wind instruments, or possibly 
like a heavily distorted electric guitar (see distortion, later). Then there's saw 
wave, which unlike triangle and square consist of all multiples of the fundamental 
- ie both even and odd multiples of the pitch of the note. Like square, its upper 
harmonics are still fairly loud, so the sound is bright and sharp.

A square wave can also be called a pulse wave, but then it's implied that it's not 
symmetrical, ie that the waveform is wider on its positive peak than on its 
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negative peak or vice versa. This is either measured in %, with 50% being regular 
square, or in fractions, with 1/2 being regular square. The asymmetrical pulse 
waveforms also have a different frequency distribution than a pure square. PWM, 
pulse width modulation, is about changing the width of the pulse to change the 
sound. More about that in the next section.

The waveform only determines the spectrum of the sound the synth has to work 
with, so you need more than just a cool waveform to create a cool sound. For 
example, a piano uses several, almost identically tuned strings for each note, and a 
trance saw is made up of several heavily detuned saw waveforms. If you come 
across a piano that hasn't been tuned in a while, play a note and listen for a 
wobble in loudness, called interference, between the strings of a single note. You 
can hear the same by playing two notes of almost the same pitch on a guitar (as in 
- the same note, same octave, just not tuned exactly right). In fact, this kind of 
interference is used to tune guitars. The slower the wobble, the more in tune the 
two strings are.

When you EQ a waveform, you change the levels of the harmonics, and thus alter 
the waveform's shape... except sine, which is only one tone - one frequency - and 
would only change amplitude (volume). Many synths and samplers are 
subtractive, so they have a filter than can soften or cut out some frequencies, 
typically removing higher frequencies making the sound muffled and soft. More 
about EQ later.

Note that each vowel in the human voice produces a different distribution of 
frequencies, with what's basically an EQ created by the shape of the mouth and 
throat. Formant is a word you should look up if this interests you.

Frequencies that aren't the product of an integer multiple of the fundamental will not 
provide a static waveform but will look like a wave moving through the 
waveform. What looks like slowly moving waves in your waveform are 
frequencies that are just slightly detuned and will provide a more complex, 
evolving, interesting sound, whereas frequencies further off will cause a less 
harmonious sound and look like a more chaotic waveform. If you keep detuning 
them, they'll eventually start to sound like separate tones... which might be what 
you're after. Might be.
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-

-synthesis techniques-

Synths are getting more and more advanced, so it's usually good to start with 
something simple and work your way up. All synths have their own design, 
sometimes the user interface design gets in the way of its function, sometimes the 
functions are just placed with no regard to the user's interaction.

Additive synthesis is just crafting a waveform by adding harmonics. It can look 
different (spectrum view, waveform drawing, or just knobs/faders/sliders for 
each harmonic), but all it does is add harmonics. Subtractive synthesis takes an 
already rich waveform and filters out part of it, thus changing the waveform. 
Wavetable synthesis is similar to additive synthesis, but uses entire waveforms 
(tables of waves) instead of single harmonics.

AM synthesis, amplitude modulation, is a technique where one oscillator controls 
the amplitude of another. This sounds like it wouldn't really do much, but you can 
get some interesting sounds when they are of different waveforms and pitch. 
Better yet, FM synthesis, frequency modulation, changes the frequency of one 
oscillator according to the amplitude of another, creating sounds with irregular 
harmonics. This can of course be combined with subtractive synthesis' filter, 
subtly or drastically, with all its parameters. While a lot of synths have a basic FM 
feature (typically one that modulates the filter), FM-specific synths allow for a lot 
more control over the carrier and operator (the two oscillators), some even feature 
multiple oscillators that can be used as either carriers or operators. You can even 
modulate an oscillator with itself, though this typically just turns a sine wave into 
a saw wave. The DX7, an FM synth, was popular in the 80s and responsible for 
many of the sounds of the decade.

Hard sync is a technique used to screw with the waveform, playing it at a higher 
frequency, still always resetting the waveform phase when it would normally 
begin had the pitch not been altered. This is perhaps easiest to understand 
visually - you squeeze more and more partial or whole repetitions of the wave 
into the time it takes for the wave to play normally. What you get is a sound that 
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I'd describe as a combination of pitching the wave to its harmonics and adding a 
saw wave to it. Phase distortion synthesis is basically a smooth form of this, 
employing hard sync but avoiding the sudden jump to the beginning of the 
waveform on reset. On higher notes, it can sound like a distorted guitar solo 
sound, while it sounds like a changing vowel on lower notes.

Similar to these, pulse width modulation, PWM, can produce a similar sound using 
a pulse waveform. Like hard sync, this can sound like a wailing guitar, perhaps 
more so because of how heavy guitar distortion clips waveforms into something 
more resembling pulse waves. Note that the method behind PWM can be used on 
other waveforms as well, perhaps most usefully on saw waves.

Granular synthesis is more a form of resynthesis, where instead of creating a sound 
from scratch, you're working with existing sound... but chopped up into tiny 
"grains" that are then combined again, with their timing, possibly pan, pitch, and 
other attributes altered. This usually leads to a more pad-like, indistinct sound, 
but can create interesting material for a variety uses. Just use a short envelope and 
you should get something percussive.

Physical modeling is a set of techniques that emulates real instruments with synths. 
There's been imitator patches for a long time, but only recently have believable 
emulations been readily available (such as Pianoteq). Still, you can't expect to get a 
real sounding piano without knowing how to play it or write for it, and in the case 
of instruments using a lot of different articulations, you need to know how to get a 
believable sound out of the emulation. For example, the sound of a single guitar 
note is dependent on how the string is played and how the string is held - this 
without getting into pinch squeals, vibrato and other more advanced techniques. 
It still takes a lot to produce a believable performance, but the synths themselves 
can do it if you just give them a realistic performance. By changing the parameters 
of a physical model, you're basically modifying the size, shape, and other 
attributes of a real instrument. Physical modeling techniques are also used to 
create new instruments, such as Modelonia's string/brass hybrid. The techniques 
involved in physical modeling are usually a combination of different forms of 
synthesis, more mathematically complex than the ones listed here.

As stated before, the shape of the initial waveform itself is hardly exciting enough to 
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stand on its own; you'll need to use envelopes and LFOs to control different 
parameters to create a more dynamic, evolving, interesting sound. Unlike physical 
instruments, synthesizers need constant instructions to change. A real-world 
vibrating string slowly vibrates less and less, as the energy from the vibration is 
transferred to the air and becomes sound. In a synth, you'd need an envelope to 
tell an oscillator to oscillate less to achieve the same thing.

Ultimately, you don't need to know what anything is called or how it works as long 
as you can create cool and fitting sounds with it. It helps to understand how it 
works - or rather, how to edit them - to get the right results when you find that 
there's some aspect of it you're not happy with, and something you can't fix by 
throwing a few effects on it.

-

-how to learn it-

Although reading about it helps, there's really no substitute for sitting down and 
messing with something systematically, whether we're talking about a sampler, a 
synth, the DAW itself, or any other tool. What I've found to be the quickest 
approach to understanding a synth or sampler is to reset every parameter and 
turn off every effect to create a fully initialized preset that I can start from, then 
add whatever features I want to and hear how they change the sound.

From that initialized patch I would then figure out what all the other parameters do. 
I might use a saw wave and then start screwing with the filter, then mess with the 
envelope or try out other waveforms. As I understand more and more parameters, 
I can start using them in conjunction in the modulation matrix, which is a 
common way of routing parameters to other parameters. For example, I can make 
the velocity of the note control how loud the note is, but I can also make it change 
the pulse width of the note.

Experimenting with a synth using just two oscillators and no filter or anything else, 
just the waveform and pitch of the oscillators, can teach you a lot about how they 
shape the sound; likewise the filter when you turn it on and focus on how it 
shapes the sound. Screw with the amplitude envelope, see what that does. 
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Challenging yourself to imitate specific sounds forces you to put your theoretical 
knowledge of a synth or sampler into practice. Can you turn a piano sample into 
something more like a sitar, or bowed strings, or something short and percussive? 
Can you create a guitar-like synth from an initialized patch?

Studying presets is another way to study the way a synth or sampler works. What 
gives a pad preset its pad-like qualities, can you remove the filter, change the 
attack time, change detuning or waveforms, and still have a pad-like sound? How 
about a lead, a percussive sound, a clear bell-like sound, a fat bass...? The more the 
sound changes during a note, the more there's envelopes and LFOs involved.

Speaking of which, an LFO is a low-frequency oscillator, it's used to control 
parameters so they're increasing and decreasing slowly... Well, slow compared to 
oscillators used directly in the sound. A really fast LFO (typically no more than 
20Hz) can still be several times slower than the pitch of a really low note. But 
unlike the oscillators used in creating the sound itself, you can hear the effect on 
the LFO in a parameter. As an experiment, make it control the output levels of the 
synth/sampler, or the pitch of the whole thing. Then you'll hear what I mean.

Envelopes are like LFOs in that they change parameters during notes, giving you 
rising or fading effects. The best example is an ADSR controlling amplitude, or 
volume. First there's the Attack, which is how long it takes for the note to reach 
full volume (long on pads, otherwise often as short as it gets), followed by Decay, 
which is how long it takes after reaching max to reach the sustain level (I like to 
set decay to around 120ms for leads and basses). Sustain is where the amplitude 
remains until the note ends (if it's at 100%, the decay does nothing), and Release is 
how long after the note ends that the sound ends (this really depends on the 
sound, anything between a few milliseconds and several seconds can work).

A piano note has short attack, long decay, medium sustain, and short release. When 
you play a long note on a piano, you get a long sound that fades out. Release the 
key and the note just ends (exception: sustain pedal). The sound of a bell will go 
on long after you've struck it; long release. A string ensemble used as a pad would 
probably have a medium attack, high sustain (decay doesn't matter when sustain 
is max - it'll just stay at max until the note ends), medium release.
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Of course, long and short, fast and slow is all relative. There's two kinds of numbers 
you should know when dealing with envelopes. The first is what sustain uses, 
which is a scale from 0 to max, expressed as 0-1, 0-100, percentage, or something 
similar. Doesn't need much explaining. The other kind of number, for attack, 
decay, and release; is milliseconds, or ms. A second is pretty short, right? Well, this 
is shorter. A really short sound can still be 100ms long, and I recommend not using 
sounds shorter than that except in glitch-style music. 150ms is enough for a sound 
to be heard, make an impact, be felt, but still be short. It's about a 6th of a second.

If you're not the kind of person that wants to get into this stuff, just learn the basics 
so you can tweak whatever presets you find fitting but are just a little bit off. It's a 
lot better to do it in the synth itself than to have to add a lot of effects on top of it. 
It makes it easier to see what's sound design and what's mixing, and it takes less 
processing power.

If this interests you, read up on synthesis and/or audio processing, try it out, 
experiment from init patches, study presets, try to copy other ppl's sound. If you 
have the opportunity to build your own synths or effects (there's software for 
this), try it. It'll teach you a lot of what the different parts do and how the sound is 
created.

This actually applies to everything you can learn, audio or otherwise. Did you ever 
try to do math with numbers other than those you teacher gave you? Did you ever 
try cooking without a recipe? Did you ever play a tabletop game where you 
messed with the rules and ended up with a new way to play it? Cuz I've done all 
that. It's probably the best way to learn stuff.

Note that not all synths have everything mentioned above. The two I usually 
recommend, TAL-Elek7ro II and FreeAlpha, look quite different, with Elek7ro not 
having a modulation matrix whereas FreeAlpha does. Being quite different in how 
they're laid out, yet both being versatile and having a good interface, they're the 
ones I use when I teach synthesis. They're also free and cross-platform, which 
helps a lot. I suggest you get both of them, learn both of them, and get past their 
differences to the actual sound-making.

-
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-a few more parameters-

With the envelopes, LFOs and filter dealt with, I wanna cover a few more synth and 
sampler parameters you might wanna know about. They may have different 
names, but the idea is pretty much the same.

Mono, poly, and legato refers to the instrument's polyphony, or how many notes it 
can play simultaneously - including release tails. Mono is a single note, which can 
be useful eg for bass synth or some lead instruments. When you play a new note 
on top of an old one, the old one ends right there. It's like a flute or a single string 
of a guitar - you can't play multiple notes at once on it. Poly is the regular type of 
polyphony, eg 16 voices - which is usually enough unless there's lots and lots of 
different notes. When you play a note, it's played on an empty voice. if there's no 
empty voice, the oldest voice is usually replace with this new note.

The interesting one here is legato, which is monophonic but with one important 
difference - instead of starting a new note, it pitches the note you already had. 
There may be a portamento effect, which is a glide from one note to the other. 
There may also be a separate glide parameter, which can usually be applied in 
regular monophonic as well as polyphonic modes. Glide and legato are different 
in that a glide creates a new notes which glides down from the previous pitch to 
that of the new note, while legato re-pitches the old note. This is probably easiest 
to imagine on a piano sample. Every new note has the attack of a new note. A re-
pitched note doesn't, it just glides to a new pitch.

As mentioned, the modulation matrix lets you route parameters around. To create a 
vibrato effect controlled by the modulation wheel, you'd route the modulation 
wheel to control the effect of an LFO on the pitch of the instrument. Some synths 
and samplers don't let you combine sources, so you'd control the LFO's amplitude 
with the mod wheel, and then control the pitch with the LFO. Others will let you 
combine them, so you control the pitch with the modwheel-LFO combo. For 
understanding the routings of your instrument, if available, try to create a vibrato.

There may also be distortion and modulation effects in the instrument. What these 
do is explained in the mixing chapter, just remember that they do it before any 
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other effects if they're inside the synth/sampler.
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MIXING

This stuff is important. Unless you come from a mixing background, you need to 
read this. Especially if you think it means "putting new sounds on old notes", or 
putting funny sounding effects on everything.

-basics-

dry/wet
input/output
...

-level and compressor-

The three most common mistakes newbs make are: everything is too soft, everything 
is too loud, and the wrong things are soft/loud. Understanding how sound is 
processed (the basics) is crucial to mixing something well. Mixing isn't about 
using effects that magically make everything better, mixing is about putting 
everything in its place.

Start by figuring out which instruments are most important. Make the more 
important ones louder than the less important ones. Here's how I used to do it 
while learning (and still do when I have trouble figuring out what's wrong with a 
mix):

Pick two important instruments, mute everything else, turn down the volume on 
one of the tracks and raising it until the two tracks are balanced. Maybe I'll start 
with the bass drum and a lead, adjusting these two until they sound right by each 
other. Then I add more drums and do the same with those, then backing rhythms, 
pads, and other stuff, and do the same with each of those. Then I re-check the first 
tracks I had. That way, I get a good balance between the tracks, tho further 
adjustments will probably be made. Sometimes I start with kick and bass, 
sometimes kick and lead and add bass later. The idea behind this whole method is 
that you get to focus on the sounds that are most important to get right. Maybe 
the vocals and kick should be the first? Maybe all the percussion and rhythm 
stuff? Maybe the guitars and snare? Bass is really easy to mix too loud, so I usually 
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adjust it later in the process by dropping the instrument level and raising it until I 
can hear it well enough without it causing any problems in the mix.

Whatever approach and method is best for you is up to you to figure out. Remember 
that a too loud instrument can easily mess up the whole track. When you listen to 
your mix, try to figure out which instruments are in the foreground and which 
ones are in the background... and whether or not they belong where they are. The 
first thing that determines how prominent something is how loud it is.

Some instruments and other audio tracks (like vocals) will be uneven. There will be 
soft parts and loud parts, and you might not want to go in and edit the volume for 
the whole track manually. What do you do? You apply a compressor that'll make 
the loud parts softer but not change the soft parts - and then you raise the track 
level to compensate. The result is that the soft parts are louder while the loud 
parts remain the same.

Compressors can be used to louden drum tracks. Drums have transients, which are 
really short hit sounds that can make the DAW think the tracks are too loud. With 
a limiter (a specialized compressor) or a transient processor (specialized... 
something), you can cut those off. With a compressor, you can then raise the 
volume of the rest of the drum sound. Depending on the sound you're going for, 
you might not want to completely remove the transients, as they give the drums 
more punch. Transient processors can cut or boost transients and not touch the 
rest of the sound, while a limiter will indiscriminately compress stuff that's over 
its threshold.

There's four settings that you need to understand in order to work a compressor: 
threshold, ratio, attack, and release. The threshold is the level at which the 
compressor starts compressing, ratio is by how much, attack is how fast the 
compressor reacts to loudness, and release is how fast it reacts to the sound being 
softer again. The attack and release work similar to how they do on a synth or 
sampler's envelope - press key, attack time is how long it takes for the note to 
reach max loudness, release is how long after the key has been released that the 
sound ends. Here is works so that once the sound reach the threshold, the 
compressor slowly (depending on the attack time) starts pushing the sound back 
down, and once the original sound goes back under the threshold, the compressor 
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slowly (depending on the release time) reduces the pushdown. Slow attacks can 
be noticeable, while fast attacks can create a squashed sound, tho it also depends 
on the threshold and ratio. Presets are often useful here, but you probably have to 
adjust the threshold to suit the track.

Too heavy use of compressors gave rise to the volume-pumping you can hear in 
some electronic styles, where a lot of the sound disappears when the bass drum 
hits. When used there, it's a cool effect (tho best achieved with side-chaining, 
explained later). Misuse of the compressor can lead to unintentional pumping... 
which doesn't sound good. It's especially noticeable in high frequency sounds, 
such as cymbals. When ppl complain about compression in a track, they're either 
talking about excessive volume pumping or a "squashed" sound, which is when 
everything is as loud as it gets and there's no dynamics to the track. Learn to listen 
for these problems, and to avoid them.

The name compressor should give you some idea of how to use it: use it to compress 
tracks with uneven volume. The same goes for the limiter - limit the max 
amplitude of the audio.

Note that these volume tools aren't the only ones you need to make your whole mix 
loud. More about that later.

-

-equalizer-

The equalizer, EQ, is a volume tool, but with one important distinction from a 
regular volume slider: it only affects some frequencies. It lets you boost or cut the 
levels of different frequency ranges independent of one another. Bass drum has a 
boomy sound you want to reduce, or has too little click? Every sibilant (s, sh) on 
your vocal tracks cut through everything else? Piano sounds thin or indistinct? 
There's a lot of low frequencies in your bells, and you want to get rid of them? Use 
the EQ.

It's probably one of the most misunderstood effects. A newb will typically boost the 
bass' or the whole track's low frequencies indiscriminately. This is a mistake. 
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Maybe said newb could use the EQ to draw a frequency balance that might look 
ok, but it still won't sound good. This is because the EQ only works with 
frequencies already present in the sound, it doesn't create new frequency content 
out of nowhere, and the track it's applied to probably won't have a flat frequency 
distribution anyway.

So basically, the EQ is not a mold, it's a chisel. You have to sculpt the sound you 
want from the sound that's already there. When you have two sounds that share 
the same frequency range, you can separate them by carving a subtle hole in one 
of them for the other to fill up. This kind of mixing is similar to mixing with levels, 
except you're working with the level of a specific frequency range instead of a 
whole track.

Different frequencies have their own characteristics. Some parts of the low range are 
rumbling, some of them punchy, some of the high frequencies are airy, some hissy. 
There are charts that show what people call these different ranges. While you 
don't have to remember where exactly each of these things are, it's good to know 
that when your mix lacks weight (or impact, or power, or punch, or whatever you 
wanna call it), you can remedy it with EQ. Same with other, similar problems.

Almost everything sounds better when it's louder, so almost any frequency boost 
will seem to sound better. Go for a balanced equalization instead of a "better" one, 
and your mixes will be better for real.

Different EQs behave differently. Graphic equalizers have fixed frequency ranges 
you can adjust, and often a lot of them. Parametric equalizers have fewer ranges, 
but let you specify more precisely the range you want to adjust. In addition to the 
regular ranged parameters, there are also shelf and cut/pass parameters. A high 
shelf will adjust everything above a set frequency. A low shelf does the same with 
everything below its set frequency. The cuts/passes are a bit confusing because 
the terms get mixed up. They're still logical. A high cut will cut everything above a 
set frequency. it's the same as a low pass, which will pass everything below a set 
frequency. They're the same thing, and the confusion comes to one being named 
high, the other low. And then their counterparts do the opposite. It might help to 
remember that filters in synths and samplers are usually low pass filters, and 
might be marked as LP. A high pass is useful on many instruments, especially 
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recorded ones, to get rid of excess low frequencies, but you should be careful not 
to cut too much or you'll end up with a weak sound.

Parametric EQs tend to give you three parameters per range: frequency, level, and Q. 
Frequency should be obvious by now; it's where the sound is adjusted. Level, or 
amplitude, or just denoted dB, is how big the effect is, how much louder or softer 
we make that range. Q, finally, is the bandwidth of the range, and also affects the 
slopes of the EQ curve. It can also produce a small bump before a sharp slope.

Read up on frequencies in sound in the waveform basics section in the previous 
chapter. It helps a lot to understand how different frequencies create the sound. It 
makes it easier to EQ, but you can do just fine by just using your ears.

There's an effect called a multiband compressor, which can work as an eq. It's useful 
for evening out the frequency balance and a great tool for learning how loud 
different ranges should be. Usually not used on individual tracks, it's a useful 
effect on the master channel as it keeps roughly the same frequency balance 
regardless of how balanced (by that I mean poorly balanced) they are in the mix 
itself - but it's still no substitute for decent mixing. There are other effects that use 
separate frequency bands, so don't assume all multiband effects are compressors. 
And don't mistake it for being the elusive magic effect that makes everything 
sound better. Many artists avoid using multiband compressors because they lose 
some control over the sound. I tend to use them on my track fairly late in the 
mixing process, and only to even things out a little.

Note that one of the examples, the sibilant problem, is best dealt with using a de-
esser, a specialized effect that reduces loud high frequencies during sibilants but 
not otherwise. It's essentially a multiband compressor.

-

-space-

There's a pan knob. It makes the sound go left and right. It's an effect that's easy to 
use and easy to hear, so it's quite popular among newbs. If a newb is told that he 
should pan his tracks a little, he'll pan them a lot.
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How should you use panning? With balance. If you pan the hihat right, you'll need 
something to fill up the left-side high range (eg a shaker); otherwise the mix can 
feel like it's not straight. This is especially noticeable on headphones, where it 
easily sounds like your headphones aren't on straight... or possibly your head not 
being on straight. The exception to this is when you pan to imitate a band 
recorded in a live setting... still, go easy on the pan knob.

There are instruments that are better suited to be panned than others. Low 
frequencies, like those of bass and bass drum, are generally difficult to hear which 
direction they come from, so they're usually kept center, they're also played out of 
a single subwoofer in a lot of setups, too. Lead instruments are usually in the 
middle too. Background tracks can be spread out more, but it's best to always 
balance them up with another track in the same frequency range panned opposite. 
Rhythm guitars sound great when you have two of them, each with a slightly 
different sound, and pan them hard in opposite direction. Panning of high 
frequencies follow the same guidelines as mid frequencies, except they're much 
more noticeable. Always balance your panning. Pan something left, pan 
something in the same frequency range right.

Hardpanning is when you pan something 100% one way or the other. There's a mix 
technique that suggests that every instrument should either be centered or 
hardpanned. On speaker setups, hardpanning will sound extra wide. On 
headphones, it can sound like your headphones are broken. There's also the Haas 
effect, where the phase of an otherwise centered sound will be shifted so the 
sound appears in one speaker (and thus one ear) before the other. In addition to 
differences in how loud sounds are, this is how the human brain figures out the 
direction a sound is coming from. Recording an instrument with multiple mics 
can lead to this when the mics are panned, so there's probably an effect in your 
DAW to adjust this. In Logic, it's called sample delay. I don't recommend using the 
Haas effect on music, because it can create phasing effects when played on a mono 
setup. That's when some frequencies get loud while others get soft, and that 
makes things sound weird.

But there's more to space than direction. Some instruments sound like they're far 
away, others really close. This is usually because of reverb. Reverb adds a diffused 
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signal that sounds like something is played in a room... or in a concert hall. Like 
pan it's easy to hear and really easy to overdo, but it's a good effect when you 
need to push something further back so another instrument can take the spotlight.

Foreground instruments can sometimes use some reverb too, but how do you keep 
them in the foreground? Well, you can make the reverb distinct enough (e.g. 
different frequency balance), or just keep the dry (no effect) signal loud enough 
compared to the wet signal (the effect, in this case reverb). If the effect gives you 
the option, you can also set a longer "pre-delay", making sure the original sound 
gets heard well before the reverb.

It's really easy to make reverb way too loud and mess up a mix because of it. A rule 
of thumb is to find the level the reverb just so loud that you hear it, and make it a 
little softer than that. Some situations call for more reverb than others, but if 
you're using it, you're probably using too much of it. Check to see if your reverb 
has any built-in way to control the sound other than just the length - specifically 
the frequency range. Want a muffled reverb? Cut the highs. Want a light reverb? 
Cut the lows. Want the reverb loud but clear? Cut the mids.

Delay (or echo) can do similar things. It's not quite the same thing, because it 
produces distinct echoes rather than a room sound. It's useful for create space 
without making the sound diffused (so it's good for leads and foreground 
instruments), or for giving some rhythm to otherwise stale tracks. It's also easy to 
overdo. Delays have two important parameters. Feedback is how much the delay 
repeats. Then there's a mix or delay level, which is how loud all these echoes are 
compared to the input. Different delays use this differently, some have separate 
dry and wet sliders, others have a mix slider.

I've heard a lot of newb tracks where all the tracks are upfront, where all the tracks 
try to be the lead instrument. Don't do that. Use volume, eq, and space to give 
each instrument its own... space. You don't have to go 100% reverb on background 
tracks (you probably shouldn't) just to make things sound further away. For that 
matter, just delaying some instruments slightly (delay as in making them play 
slightly later, not delay as in the Delay effect) can also push instruments further 
back.
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A common way to visualize space is to imagine a stage. Reverb puts the sound 
further back, pan moves it to the sides, and with neither of these the sound is front 
and center. There's images on the net that explain this better than a blurb of text, 
and articles on how and where to place stuff.

Track levels obviously also factor into this - we expect each instrument playing to be 
approximately the same loudness (that's how instruments were developed), so 
softer instruments will seem more distant and loud ones closer. If a track is 
missing some of its high frequency content, it can also seem to be further back, but 
the same is, paradoxically, true for the low range (the proximity effect) - you'll 
hear more bass if you listen to someone while being very close, whereas standing 
further away you won't hear the same amount of bass. EQ can be used to further 
manipulate tracks' space, but you'll typically also need reverb to push things 
further back. Then again, some samples will have reverb in them and naturally 
sound further away, so use your ears... which you should be doing anyway.

Just know that unless you're making a chiptune, you gotta consider space when you 
mix. Doesn't matter if you do jazz or trance, space is important because of how it 
impacts the dynamics. It's important to consider which instruments are 
foreground ones and which ones are background ones not just when you mix but 
already in the writing stage.

-

-output-

With the track mixed it's time to finalize it. Some people call this stage mastering 
because we're working on a master output channel. Those people are wrong. 
Mastering is different. Mastering is for making sure a lot of tracks (like on an 
album) have a similar sound, similar levels. Don't call this output stuff mastering. 
Finalizing is a better term for it.

If you mix your track well, you don't need to do much when you finalize. I've been 
keeping my finalizing sparse with just an EQ, a compressor, a limiter, and then a 
frequency analyzer/level meter to see how the output looks like. I sometimes use 
a multiband compressor before the limiter as well. This is not the place for drastic 
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frequency balance shaping and other big changes, this is just for final touches 
before the track is done.

There are two kinds of big problems newbs have with their tracks: level and 
frequency balance. The first problem is usually noticeable in that the track sounds 
like it's pumping the volume, that other instruments go soft when the bass plays, 
for example. This is overcompression, and is a result of having a compressor on 
the output but the signal being too loud. It works too hard. You can remove it, but 
then you'll end up with clipping, which is when the audio is so loud that the 
computer can't save it properly, so it just clips the waveforms, resulting in more 
square-like waves. Avoiding to risk these problems altogether can leave you with 
a mix that's way too quiet.

The other typical problem is frequency balance, usually noticeable in that the bass is 
too loud and the mids aren't loud enough. Study the frequency balance of well-
mixed tracks, and learn how they look and sound. Have well-mixed reference 
tracks to compare with.

The solution to these problems is to do both things right. With a good frequency 
balance (which begins with the arrangement), you don't have a lot of stray 
frequencies that cause clipping when you raise the volume enough to be on the 
same level as other songs. By using a limiter as the last of your output effects, you 
can boost the volume more without worrying about clipping. Too much will still 
become a kind of pumping, so you should never boost the track to the point 
where the limiter is always limiting; the limiter should only activate on transients 
and occasional peaks.

Do note that without professional mastering tools and a slew of techniques to make 
use of them, you probably won't get your loud, aggressive mixes as loud and 
aggressive as professionals do without clipping or other problems. While you're a 
newb, don't expect to, and don't try to. As you learn and discover new tools, make 
your mixes louder. Don't sacrifice quality for loudness.

There are techniques for making your mix louder, more about that later. Limiting 
peaks and cutting excess lows from instruments that don't need them means 
there's more room for everything else.
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-

-decibels-

Decibel, or dB, is a unit of measuring things logarithmically, used in electrical 
systems, audio, and data. Digital audio is measured in dBFS (full scale), with 0dB 
being the digital maximum for the output. That's why your level meters will 
display a negative number - they're below the maximum.

The dB scale works in such a way that an increase of 6dB is twice the amplitude, 
10dB is about 3 times the amplitude, and 20 dB is ten times the amplitude. Despite 
the strange numbers, this actually make sense. It's proportional, so a 6dB level 
change will always be half or double the amplitude, whether we're at -6dB or 
-30dB.

If the _output_ is louder than 0dB, it will clip. You can't have a pixel brighter than 
100% or darker than 0%, and the same is true for digital audio. Because the output 
is a combination of all tracks, it's best not to let any track near the 0dB point. Don't 
worry, the individual tracks won't clip even if they go past 0dB, they still have to 
go through the output, and even then the processor can handle the overflow. Still, 
the saved file itself can't handle that overflow, and not all effects can handle the 
overflow either, and it's easier to mix if you reduce volume instead of raising it.

Sound amplitude in real life is measured in dBSPL (sound pressure level). A quiet 
room can be about 20-30dBSPL, a conversation at 50dBSPL. Having a conversation 
in a quiet room thus has the voices at up to 6 times the amplitude of the room 
itself.

A rock concert can be up at 120dBSPL, which likely causes hearing damage (on that 
note, long-term exposure to sound at 85dBSPL is already risky). Orchestras 
typically don't go past 100dB, and certainly doesn't remain there for hours. The 
dynamics of an orchestra can cover a range of 60dB, or 40-100dBSPL.

Note that when you're dealing with amps and speakers and other electrical to audio 
systems, you're also dealing with power levels. You need twice the wattage for a 
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3dB increase in amplitude. to double the amplitude, you need another 3dB, and 
twice the wattage. If you just work with the DAW on the computer, you only have 
to consider dbFS.

-

-distortion-

There's a type of effect I didn't mention above: *awesome guitar riff thing here*

Distortion is the art of mangling the audio in order to get a more aggressive sound. 
There are three basic forms of distortion that I'm gonna cover here, each with its 
own sound. A word of warning before using distortion - subtle distortion on a 
good sound will sound better than lots of distortion on a bad sound. Polyphony 
also changes the sound of the... of the sound. I mean, two sampled distorted notes 
will not have the same sound as two notes distorted together. Guitarists should be 
familiar with this. It's because two waves of different pitch will periodically 
reinforce each other, making the distortion effect much more pronounced.

Distortion, or transistor clipping, is basically an effect that clips the waveform peaks, 
producing a sharper, harsher sound. It's not digital clipping, but not far from it.

Overdrive, or valve/tube distortion, is like a really fast compressor; each wave is 
squashed to fit within a certain level. This still produces a harsher sound, but not 
as sharp as regular distortion. Where distortion is about boosting the entire signal 
so it clips, overdrive is about making the slopes steeper and the peaks flatter.

Then there's Bitcrushing, which is a digital approach to distortion. Instead of treating 
the audio as a wave, it treats audio as numerical data... as numbers. There are two 
sides to bitcrushing: bit depth and bit rate. Bit depth is the vertical resolution, or 
accuracy, of each point in the audio. Bit rate is how often the audio changes value. 
This is a great tool to reduce the quality of the audio, to simulate bad samples or 
lossy data compression (like the mp3 format, and worse). While you can reduce 
the quality to 8-bit, remember that they all mangle the combined audio, not each 
note on its own, so the result will not be a chiptune, it'll be low resolution/low 
quality audio.
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There are additional techniques under a variety of names. Instead of clipping a wave 
that's too loud, the waveform can be bounced back down, creating a sharp peak, 
the peak can be displaced, silent, etc.. These are all interesting things worth 
examining, just make sure you understand the basics first.

But how do you get *awesome guitar riff thing here* ? You need to start from a good 
source. A generic sampled guitar is gonna sound terrible no matter what. A decent 
one, with lots of humanization can sound... well, decent, with the right tools, most 
importantly the amp simulator. An amp simulator produces results similar to a 
real amplifier, which is an integral part of the electric guitar sound. Distortion is 
part of that, and as mentioned before, there's a few different distortion techniques. 
Additionally, effects like tremolo, wah, and chorus are often used to give a guitar a 
more interesting sound. But the two main parts are still a good guitar audio 
(recorded or sequenced) and a good amp sim.

That good source needs to play right. The distortion gets more pronounced when it's 
acting on more than one note at a time, so when you want a more distorted sound, 
just play more notes. It's also more pronounced on louder notes than on soft ones. 
That's the writing part. The performance part comes from vibrato, glides, and 
other articulations. Without good writing and performance (or the illusion of 
performance), it probably won't sound that great.

Interestingly, the clean electric guitar sample you have might not be the best for 
making your fake guitar sound good. I've had some success using a piano for my 
fake guitars, and other samples/synths may yield acceptable results too. As many 
of the most noticeable qualities of the electric guitar sound stem from the amp 
(electric organ is the only commonly amped instrument I can think of, besides 
bass and guitar) and few other instruments are distorted to the extent guitars are, 
the source sound doesn't matter much for fake guitars - guitarists can tell it's fake 
anyway. A cool fake guitar sound is both easier and more interesting than a 
wannabe-realistic fake guitar sound. Either way, remember to make it feel like a 
performance.

Note that distortion is basically clipping a waveform, turning it from smooth to 
sharp - basically making it more like a square/pulse wave. This means there'll be 
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more high frequencies in the sound, perhaps new ones that you can EQ. Also note 
that distorting an instrument that plays several notes at a time, or with overlap 
(polyphonic) will distort the combined sound, not the individual notes - you won't 
just get harmonics, you'll probably also get all kinds of overtones from the 
overlap.

-

-automation-

So you've come up with a cool sound when you've been messing with an effect, but 
the problem is that this sound requires you to turn a knob while the audio plays. 
What do you do? You automate it. Becoming increasingly commonplace even in 
entry-level DAWs, automation is about making the DAW control parameters of an 
instrument or effect to change it at certain points.

Depending on how your DAW handles automation (if at all), you might have a 
track, a single horizontal line, and the ability to add points to this line and move 
those points around - changing the line. This is a typical automation display. 
Additionally, you would have selected which track, which effect/instrument, and 
which parameter of the effect/instrument to automate. The typical use of 
automation is for volume.

Do you want to make a filter open in the intro or build-up of your track? You can do 
that. Need to make part of a recorded vocalist track softer? You can do that. Want 
to change the detuning on a synth for a different sound for part of the mix? You 
can do that? Wanna bring in the reverb and delay only in the ending? You can do 
that.

There's two different ways to automate. One is to make a specific midi message 
control it, usually the modulation wheel (CC#1) but any midi CC will do, as long 
as it doesn't control anything else. The other is to use the DAW's own control over 
the instruments and effects. The benefit of the latter is that you can control effects 
that might not have support for midi automation. The benefit of the former is that 
those CC messages will be included if you export the midi.
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Some DAWs have specialized tools for using LFOs to control parameters outside of 
the instruments and effects themselves. Others don't. Once you know the basics, 
you should find out what else your DAW can do, and whether or not that's useful 
to you right now.

While there's a lot of cool stuff you can do with automation, I find myself trying to 
avoid excessive automation. Just like having too many instruments can get messy 
and difficult to mix, so does having a lot of automation.

Note that automation can be recorded, not just sequenced. A midi controller can be 
set to control specific parameters, and when you record the controller, you record 
all the knob-turning you do too. This obviously requires a midi controller with 
knobs or faders/sliders/other controls.

-

-convolution-

Becoming increasingly commonplace, altho not really newb-friendly tools, 
convolution effects are essentially a sampler that plays a sound for every sample 
in an audio stream. What it does varies with the effect, but with a convolution 
reverb, you can record the sound of a room and make it sound as if an entire 
orchestra was in there.

The process of creating the sound of a room is actually pretty simple - you go in 
there, set up your mic(s), play a super-short noise burst (impulse), and record the 
resulting reverb (IR, impulse response). When using this effect, every sample in 
your digital audio is replayed as this impulse response, taking its amplitude from 
the audio. The result is, as stated above, as if your audio stream was played there. 
You don't have to do this yourself, there are plenty of IRs available online for free.

Any type of reverb can be recorded this way, whether they're halls for orchestras, 
echo chambers, spring and plate reverbs, or sampled algorithmic reverbs. Yes, you 
can make an impulse response of your DAW's built-in reverbs.

Other equipment can also be recorded this way. Guitar amps and old classic 



rozosremixingguidev12

67

electronic effects are sometimes recreated using convolution techniques. Because 
of how the dynamics change the sound of some of these effects (eg amps), mixing 
multiple impulse responses is often required to get a natural and realistic sound 
out of these, and this is usually done inside the convolution effect itself.

If you're using a convolution effect, study the presets. Dedicated convolution amp 
effects would likely have more features in line with mixing impulse responses 
than one geared towards reverbs.

While stereo effects can  be inserted before the convolution effect, having separate 
left and right IRs might yield a more natural sound, even more so if you have 
multiple locations for the impulses themselves, tho still recorded in the same 
room. This, however, might be overkill, and certainly isn't something newbs 
would have to think about. Tho I don't really do a lot of orchestral stuff, I've never 
had to use more than a single stereo IR, and I don't expect to any time soon.

-

-effects-related stuff-

I mentioned side-chaining before. It's a process where you use the audio of one track 
to control an effect on another track. A typical example would be the bass drum 
controlling a compressor on a pad so the pad disappears when the bass drum hits. 
I can't tell you how to achieve this in your DAW, all DAWs are different. It might 
even be that your DAW isn't advanced enough to feature side-chaining. In any 
case, you now know what it is. It's a useful technique for getting your music 
louder and/or cleaner.

On a real-world hardware mixer you've got a signal chain that starts from gain and 
goes through eq and aux knobs to a pan knob and a volume slider. All of that 
should be clear to you by now, all except the aux thing. An aux, or auxiliary send, 
lets you send the audio somewhere else in addition to letting it through the mixer 
the normal way. The combined signal from all channels sending into this aux 
channel can be outputted into an effects processor (or to audio monitors on stage 
or in the recording room). If it goes to an effect processor, the signal is then routed 
back into the mixer as a separate track, typically just the effect's wet signal.



rozosremixingguidev12

68

In short, an aux is an extra output. A bus is a channel where you can apply effects to 
the combined signal before combining it with the main output (or other signals in 
another bus). Because you typically only have two outputs (left and right, unless 
you mix in surround, which isn't common for music), some DAWs treat auxes and 
buses pretty much the same, and use the term output only for actual outputs.

Even if you don't need to (or if you can't) output anything besides the main out, you 
can use buses to combine tracks to an effect. While you have more control over 
effects when you give each channel its own compression, eq, and reverb, you can 
use buses for automation or side-chaining that's applied to multiple tracks. In that 
case, all tracks you need this effect automation on would be routed together into 
an bus that has the effect you want to automate, and the bus is then sent to the 
master output.

Specifically, you might want to open a filter in the beginning of the track, but only on 
the drums and percussion tracks. You'd route them all to the same bus and apply a 
low pass or high pass filter and automate it. This way, the automation will be 
controlled from a single channel, but it's not gonna filter the pads and other 
instruments in the mix. The same could be done with a big, processor-hungry 
reverb... and any other effects.

You could also use side-chaining for this. In the case of ducking some of the 
instruments under the bass drum, you'd route all those instruments to a single 
bus, and side-chain its compressor to listen to the bass drum. That way, all the 
instruments on that bus would get ducked under the bass drum together.

Just remember that effects can only do so much. The core sound design and quality 
comes from the instruments you use, not from a dozen effects.

Do note that if your effects cause a delay in the audio signal, you might end up with 
phase interference/comb filtering, which is when a slightly delayed signal 
interferes with the original signal. This leads to a weird sound where some 
frequencies are boosted and some reduced. While this can be a cool effect on 
single tracks (you can get a cool robotic sound by using a 6-10ms delay), it 
shouldn't be on all tracks. If you use buses and put an effect that doesn't sync up 
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with the rest, this can be the result. On a more subtle level, some EQs do this. It 
shouldn't be a problem unless you EQ a bus and mix that in with the original. You 
can avoid it by using a linear-phase equalizer (check to see if yours is one of those, 
or screw with combining it with the dry signal and see if you can hear the phase 
interference). This is only a problem when you mix two versions of the same 
signal mixed together and they're out of sync.

-

-more finalizing techniques-

So you mixed it ok and put a limiter on it, but it's still too soft? You can try a 
technique called parallel compression. It's a fairly simple procedure: you send the 
audio to a bus where you have a compressor with very low threshold, and mix 
that in with the uncompressed signal. You can even have a second compressor 
with a higher threshold to hold down the loudest parts some more. This means all 
the softer bits will get a loud signal mixed in, and the loud parts get a soft signal 
mixed in. You can of course adjust just how much of this bus you add to the 
original audio. In effect, this technique makes the soft parts louder without 
making the loud parts clip or overly compressed. It takes out some of the dynamic 
range, but because its still being mixed in with the uncompressed signal you still 
keep an uncompressed take on it.

Another technique is to clean up the track's stereo field. If you have a tool that 
separates left and right channels into mid and side channels (M/S, doesn't stand 
for mono/stereo; it's mid/side), you can use that to separate the channels. Route 
the two to buses and mute the left channel on one bus, the right channel on the 
other. Route them to another bus (or straight to the output) and put another mid/
side encoder/decoder there to turn it back into a left-right mix. You can process 
the mid and side channels separately. If nothing else, this is a great way to get rid 
of unwanted stereo in the low range - a high pass filter on the side channel will 
keep the bass centered, where it has the most impact. You can also compress the 
mid separate from the side, you can limit transients, EQ, and do whatever else 
you want. You can make the center stuff softer or louder by changing the mid 
channel level. It sounds obvious, but it's easy to overlook. Some effects let you 
adjust mid or side channels directly, without any big routing procedures.
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A similar technique can be done with the stereo channels if you wanna compress 
them separately. Just be careful, as excessive compression here could easily shift 
the balance of the whole track. Other tools can be used here as well: you could EQ 
down a loud hihat without disrupting the ride on the other side. Again, be careful 
not to screw with the overall left-right balance of the track.

This stage is pretty good for a multiband compressor and other finalizing effects, 
such as exciters and ultimately a limiter. I'd place a few monitoring effects (more 
about those later) before or after the limiter so I know how the final track looks. 
An exciter is a specialized effect that adds harmonics to the sound, making it 
brighter and thus making it seem louder.

I recommend building a finalizing template to work with, and not adding any effects 
until you get the conversion process clean. I noticed with my own template that 
somewhere in the process (specifically the pan/separation stage), the signal loses 
some level. Make sure you're not gaining or losing level in this process.

Just remember that professional mastering engineers don't use every tool in the 
toolbox, just the ones they need. The same applies here. You wouldn't use a 
screwdriver on a nail, or a wrench on a piece of wood. Likewise, don't use all 
these tools to improve a track - just use the ones you need.

I also recommend rendering your mix as a wav/aif before doing any of this. Not 
only will working on a sound file instead of an entire project save processor and 
memory resources, it'll also be much cleaner and faster to load. The only hassle is 
when you discover a problem you could easily solve in the mix - then you gotta 
go back to the mix and render a new wav/aif. Don't render to a lossy format (like 
mp3). You lose resolution (ie sound quality) from encoding it to mp3. Lossy 
formats are like bitcrushers, they add noise. Inaudible on good encodings, but if 
you encode it again and again, the process will add more noise. It's better to 
import a lossless file (aif or wav), finalize that, and encode it to mp3.
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RECORDING

Sure, you can record with your phone or your laptop mic, plug your guitar straight 
into the computer, or get a cheap usb mic, but is that gonna sound great? Probably 
not. While a raw sound like that can be preferable at times, and you probably 
won't have your entire studio with you everywhere you go, knowing how to 
record things cleanly is never a bad thing. If you're just gonna do computer stuff, 
manipulate the samples you already have, and/or simply have no need/means to 
record, you can skip this chapter. But as with everything, being familiar with this 
stuff before you actually need it makes it easier to learn and work with when you 
have to.

Also, I haven't done much recording, so most of this stuff is from stuff I've read, 
heard, seen, but not done myself. It could be wrong. Corrections welcome.

-some basics-

Unlike midi and virtual instruments, audio recordings can't be as easily adjusted 
later. This means that clipping, noise and other problems should be avoided when 
recording, and the instruments should be tuned and vocalists warmed up. With 
midi you can get away with a fix-it-later attitude. With recordings, trying to fix 
clipping, reverb, off-key notes, and random noises is generally not worth the 
trouble. While there is software for some of this (Melodyne and Auto-Tune come 
to mind for pitch correction and creative effects), it's best to just avoid having 
those problems in the first place. Make sure your instrument and recording setup 
is in good shape.

The typical home studio signal flow is this: mic/instrument->interface->computer, 
as consumer machines' built-in soundcards can have loud electrical interference, 
at least on the input. While you can plug some things straight into the computer, 
you will need an audio interface if you record stuff that needs to be clear, stuff you 
can't hide behind a gazillion of creative sound design effects. Yes, you can vocode 
terrible vocals, and you can flange and distort your noisy guitar tracks, but that 
won't give you the sound ppl expect from a track with vocals or guitar.

You obviously should record stuff in a noise-free environment, but there's another 
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problem with the recording environment that's easy to forget - reverb. Because 
reverb is a reflection of sound waves (like lots and lots of short echoes), a room 
with lots of hard surfaces lead to a recording with lots of reverb. Sure, reverb is all 
around us irl and our brain generally just ignores it, and a touch of reverb can give 
certain sounds a warmer, more natural sound, but reverb is usually applied 
afterwards where there's more control over the amount and qualities of the reverb. 
Record in environments with lots of soft stuff and things that break up walls and 
other flat surfaces. Bookcases break them up to some extent, so do couches and 
beds (but they usually don't cover walls).

Some ppl suggest you record stuff under a thick winter coat or build a fort out of 
mattresses to record in. Soundproofing and softening your entire room might be a 
bit excessive for the quality level you're at if you need to read this, but the softer 
the recording environment, the better. I've heard of lyric sheets causing audible 
reflections in an otherwise ubersoft room. While you probably won't be able to 
eliminate all reflections, do what you can to reduce reverb in your recording 
environment. At least if you use mics. An electric guitar plugged straight into your 
audio interface obviously won't have any of these problems.

You'll also need the right cables for what you're using. Cables tend to be different 
enough for this to be a case of finding the square peg for the square hole, and is no 
more complicated that plugging a game system into a tv. I just have to mention 
cables here along with the other items.

Depending on the composure your housemates, you may have to schedule your 
recording sessions so that they're not around when you record. Telling them to be 
quiet while you record doesn't always help, even if they're trying. Also, be 
considerate to both housemates and neighbors, and don't record metal drums at 4 
PM.

-

-equipment-

The audio interface can come in a lot of different forms. Some simple ones have an 
input, an output, and connect by usb. Others can be built into mixing desks and 
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feature dozens of inputs and quite a number of outputs as well. Some ppl will say 
an audio interface is the same as a soundcard, tho I go by the distinction that the 
soundcard is inside your computer, while an audio interface is on the outside, 
connected to the computer (by usb, firewire, or other means).

The midlevel interface is one with a few inputs and a few outputs, typically focusing 
on inputs. As an example, the one I use when I record (which isn't often) has two 
XLR inputs and two jack inputs, as well as three stereo outputs (3.5mm 
headphones, RCA/3.5mm main out, and a second RCA out). It connects to the 
computer by firewire 400 and has its own power cord. One of its inputs doesn't 
work, it's probably been overloaded. That's something to watch out for.

As for mics, there are basically two types of microphones suitable for recording 
vocals for music: dynamic and condenser mics. A dynamic (aka electromagnetic) 
mic is the type you might have seen in karaoke clubs, in church, on stage; it's 
usually more durable than condenser mics. Because the signal is created with air 
pressure hitting a diaphragm and moving a magnetic coil, it's not as sensitive to 
transients and highs, so its sound has been described as more nasal. It will still 
sound way better than something recorded on your phone.

The other type of mic, the condenser mic, uses varied capacitance to create the signal 
- basically its diaphragm is conductive, a back plate is conductive, either or both 
plates are charged, and the varying distance between them creates the signal. The 
main difference is that this mic is powered by an electrical current, whereas a 
dynamic one is powered by sound pressure alone. It's also more sensitive to 
impacts. Don't drop it.

A smaller diaphragm will capture highs better than a larger one, while a larger one is 
less sensitive to noise. We are talking about professional stuff here, so unless some 
other equipment of yours is adding noise, it'll still be very clean even if you're 
using a large diaphragm. At least, the mic won't be at fault.

In the case of most mics, the signal you get is fairly weak, so a microphone pre-
amplifier is needed to create a signal that won't suffer much electrical noise. Your 
audio interface might have that function. You'd also need to adapt the XLR mic 
plug (fairly big round thing with three prongs) to something your computer can 
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handle. The best way to do this is to use an audio interface (it's kind'a like an 
external soundcard) with a built-in mic preamp.

Even if you're only gonna use your mic for vocals, a mic stand is good to have. A 
pop filter or spit guard is also a good thing to have. Make sure you have room on 
your hard drive for the audio, it can take up a lot of space. These days, it shouldn't 
be a problem, as hard drives keep getting larger and cheaper.

While any electrical cable can carry the electrical signal that becomes sound (I've 
used power cords for a speaker setup), most equipment use XLR, RCA, or a 
variation of the 1/4in TS (jack). You've probably seen variations of the TS, like 
1/4in TRS (stereo/balanced jack) and 3.5mm TRS (headphones/stereo jack), but 
there are many, many more. The ones mentioned so far are the ones you need to 
know. Their ends are referred to as male and female, for their puzzle-piece-like fit. 
Note that stereo here means there's two audio signals and a ground - whether 
they're used for left and right channels or for a balanced mono signal doesn't 
matter. For a guitar, you'll probably just need a 1/4in TS cable, most of which are 
male in both ends. For microphones, you'll probably want a male-female XLR 
cable. Check your equipment's manual if you're unsure. Check the internet for 
images if you're unsure. Try the square peg square hole thing if you're unsure.

Male-female are terms used to tell whether plug has one or several prongs sticking 
out, or has slots for those prongs. Your headphones most likely have a male 
3.5mm TRS, which you plug into a female port of the same size.

Note that cables aren't very complicated electrical devices, so they're easily 
customized or repaired. Broken ends can be replaced, shorts and loose wires can 
be fixed. You can have XLR in one end and TRS in another, you can have XLR 
male-male cables. You may have used RCA-3.5mm TRS cables for your home 
audio setup. But if you don't know what you're doing when it comes to electricity, 
you probably shouldn't be doing it. While many of these cables won't have a lot of 
voltage running through them, you can easily disable a cable by not connecting 
things right. You probably won't kill yourself by screwing with sound cables, but 
you can destroy your equipment. It's best to leave cable customization and repairs 
to ppl that know what they're doing.



rozosremixingguidev12

75

Also note that the difference between 1/4in TS, 1/4in TRS, and 3.5mm TRS are size 
and whether they carry one or two signals. TRS can be referred to as stereo or 
balanced cables, with balanced being a single (mono) signal more resistant to 
interference (one signal being inverted, canceling any noise when being inverted 
back and combined) while stereo being two signals, one left and one right. 
Balanced or stereo, they're the same thing.

-

-voice-

The thing that most ppl think about as needing to be recorded is the human voice. 
While there are tools to synthesize many of its qualities, and sample libraries can 
contain a lot of different vocalizations, you (or your singing/recording 
collaborator) will probably need to record the singing. We don't have realistic 
virtual vocalists just yet, tho the vocaloids do have a fair following.

Typically, condenser mics are recommended for vocals, but it's not like dynamic mics 
will sound terrible. When recording vocals, the type of mic is of lesser concern 
than room and electrical noise, and intonation and performance. Really, most bad 
recordings I've heard have not been due to the wrong choice of mics, but rather to 
lack of setting up the recording environment and equipment properly, and/or 
being a subpar performance. The aforementioned recording under a thick winter 
coat trick can get rid of some of the reverb (and looks funny), using an audio 
interface and knowing whether or not you need phantom power (+48V, power 
from the interface/mixing desk/other equipment) will help with electrical noise, 
as will shutting off unnecessary appliances.

Bear in mind that vocalists need to hear themselves while singing, or else they may 
have trouble with intonation (they won't quite hit the right pitches if they can't 
hear and correct themselves). If you give give your vocalist headphones with the 
track and their voice, make sure there's not a lot of latency (delay between 
recording and played back), or your vocalist might get distracted. This also 
applies when using an audio monitor, but with it you'll also have to worry about 
feedback. Feedback, in audio terms, is a sound from the monitor being captured 
by the mic, fed back through the system and played back out of the monitor - a 
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single tone loop that can get ARGHLOUD! if you're not careful. It's not the kind of 
feedback you want.

Most modern music is comprised of multiple takes, often overlapping. If your song 
has several vocal lines (or voices, melodies that share rhythm but not pitch), and 
you only have one vocalist, you'd have to record your vocalist doing each of these, 
one at a time. As humans make mistakes, your vocalists will probably make a few 
during recording, so it's best to make sure you have a good take of every part of 
the song. This goes for instruments as well.

The most important part of recording vocals is to get a good performance. Most ppl 
can overlook some amount of noise and reverb in a recording, and timing and 
some frequency balance issues can be corrected later. Even pitch can be corrected 
with the right software, both with and without the horrible, whiny auto-tune 
sound that every other pop hit these days has (it'll still have some artifacts from 
the correction, but these are a far cry from T-Pain). What can't be fixed later is the 
performance itself, the emotion, the life, the energy, whatever you wanna call it. 
It's also difficult to change the voice of the performer. While you can shift 
formants and do other fun things to the voice, consistently changing a performer's 
accent or other qualities in his/her voice is difficult. Do what you can before the 
voice hits the mic and you'll have less trouble with it later.

-

-acoustic instruments-

When recording acoustic instruments or miking amps you use microphones in a way 
not unlike when recording vocals (some ppl prefer ribbon microphones, also 
electromagnetic, for this). You need a mic and possibly a mic preamp and also an 
interface. Sound is made, and it goes through the mic setup into the computer.

As with recording vocals, mic placement and aim matters a lot in capturing a specific 
type of sound. Putting a mic right in front of an amp will produce a brighter, 
harsher sound than putting it off-axis. Aiming a mic at the sound hole of an 
acoustic guitar will record more lows than aiming it further up the neck. Different 
parts of an instrument create different sound, just like anything that creates sound. 
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If it helps, think about recording a car starting. Are you recording the engine or 
the exhaust? Is the hood up or down? Is the mic inside or outside the car?

When recording lots of instruments at the same time, or when recording with loud 
monitoring levels, it can still be a good idea to let the performer hear his 
performance in the mix. While you can (and probably have to) edit levels it later, 
having him adapt to the dynamics of the track will make for a better performance. 
It also lets the performer hear if his/her instrument is in tune, as some 
instruments lose their tune to air temperature and humidity, or just usage. As with 
recording vocals, watch out for feedback, or use headphones.

Also consider to what extent you need to capture the sound, and what you're gonna 
do with it. While a drum kit would preferably be recorded with a mic for each 
drum plus overhead mics, you can get away with just the overhead ones if you're 
in a soft enough room and can make do with more of a roomy jazz sound. A piano 
would typically need a stereo recording (two mics), but if it's gonna be mixed into 
a lot of other instruments, you can get away with a mono recording (and if 
necessary apply some creative stereo-izing effects). Wanna record your entire 
band, but only have two mics? Use the mics to emulate a listener's experience.

When combining two mics in the mix, you can end up with weird phase issues. 
From the waveform sections above, you might have learned that the sound is a 
combination of frequencies. Did you know that two identical signals turn into a 
single, twice as loud signal, and two exact opposites will turn into silence? When 
combining two mics, the two might have been set up in such a way that a direct 
combination of them cancels out some frequencies. You can invert the phase, delay 
one or the other, or use some other creative processing to avoid this. You can do 
math relating to the speed of sound and placement of the mics and the source of 
the sound, or you can just avoid combining the two mic signals. I suggest the 
latter. Use two mics, hardpan them. If you end up with the sound seeming to 
come from one side more than the other, check their levels or (if the levels are 
nearly the same), slightly delay the side that sounds closer (still not the Delay 
effect). You can also use a stereo correlation tool to figure out how the two tracks 
interact. More about how that works later.

Note that the hardpan two mics solution to avoiding phase issues won't work on 
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low frequency instruments, as most subwoofer setups play the bass in mono, and 
this can at worst cancel out some frequencies in the bass. While most ppl don't 
listen in mono anymore, it's still a good idea to make sure your tracks and your 
entire mix is mono-compatible. The pros do it.

Multitracking is a term that can refer to recording multiple tracks at once (sometimes 
of the same instrument, from different mics), or to the practice of recording the 
same instrument several times and layering the takes. The latter is more common 
among home recording artists, and in dealing with electric guitars, especially in 
metal.

Note that anything that captures sound can be used to capture sound. Obviously. 
Button microphones are typically used for public speakers that don't want their 
hands occupied with a mic, but they can also be used to record instruments or 
voice. I know a guy who used a button microphone to capture sax. Is it the best 
sound ever? No. Is it better than a laptop mic? Yes.

-

-electric instruments-

Some setups may require a DI box (direct input/injection box, it converts an 
instrument signal/high impedance/hi-Z signal to a low impedance signal) but 
your home studio may do well enough with just the inputs on your audio 
interface. Of course, there's nothing stopping you from miking the amp and 
recording it while at the same time recording the dry signal. You can also plug the 
guitar straight into your computer, but your recordings will suffer.

Without a dedicated audio interface, you'd likely have to work harder to reduce the 
noise, using gating and other tools. I've had some success recording guitar this 
way using a stereo cable (and size converter), inverting the phase of either channel 
and turning the signal into mono (if you don't have any effects that can do this, 
Flux has a free stereo tool for it) before an amp or any other effects. What this does 
is cancel out the noise that's identical in both left and right channels while leaving 
the guitar signal, which is only in one of the two, intact.
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Passive instruments (the typical electric guitar) don't have any power themselves, so 
they'll have a lower level signal, which need to be converted to a lower 
impedance, otherwise they'll likely sound terrible. Electric guitars work by having 
magnetic coils pick up the vibrations of metallic strings, which unfortunately also 
pick up electrical noise from the power supplied to the instrument. Double-coil 
"humbuckers" use the double coils to cancel out some of the noise (or hum). You 
can adjust which pickups are in use.

Other electrical instruments work mostly the same way, whether they're hardware 
synths or electric violin. Get the signal into your audio interface, at an appropriate 
level.

Note that the sound of an electric guitar is to a great extent the amp and distortion 
effects. You can have the world's best guitar and be the world's greatest guitarist, 
but if you're not using a good amp with the right settings, you probably won't get 
the sound you want. Conversely, the right amp and the right settings won't do 
much without a good input sound, but because the sound of the electric guitar is 
most recognizable as a distorted wave, almost any instrument will sound vaguely 
like an electric guitar when distorted enough. See the section on distortion in the 
MIXING chapter above. Also: yes, you can use an amp sim, but you'll still need to 
record the guitar itself, somehow, and some guitar effects and techniques need a 
real amp.

-

-portable recording devices-

There are also professional, portable recording devices. These can be used to record 
just about anything, but all the above should be considered where applicable. The 
physical properties of the recording device's mic(s) matter, as will the placement 
and angle, the room, all that stuff. The benefit of these devices is in their 
portability, lack of interference from the rest of the signal chain (there is no signal 
chain if they're not plugged into anything), and quick setup time. Of course, 
getting a recording to sync up means you need something to play the source 
music with, and some kind of monitoring.
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Unless you're looking for specific qualities inherent in specific mics, a portable 
recording device would be ideal for many sound effects recording situations - you 
can take it anywhere and record anything. If you're visiting a friend and want to 
record his vocals, just use headphones and a version of the backing while 
recording. Some recording devices let you plug them into audio interfaces to serve 
as mics, others let you connect some mics to the device.
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LISTENING

This part is important. Listening to stuff as a producer rather than as a consumer 
makes a big difference. A word of warning: this can ruin a lot of music for you. A 
word of comfort: a lot of that music probably wasn't very good anyway.

-listening to learn-

Now that you know how to make music, let's talk about listening. It's easy to just 
listen and enjoy (or not enjoy), but in order to learn to make good music you need 
to understand what sounds good and what doesn't. If you don't know how to 
listen to your own mixes, you'll either make terrible music or be fully dependent 
on others to point out problems with your mixes.

Listen to a lot of music. This will sharpen your ears and teach you new things. 
Everything from rhythm to mixing can be learned by listening, you just gotta 
learn how. Study this music. How loud are things compared to each other? How 
bright? How close?

It's easy to hear a song and say "I can do better", but actually doing it turns out to be 
a lot harder than you thought. With electronic music, a lot of the mixing and 
sound design requires a lot of knowledge in how synths work, how the effects 
work together, how to mix the whole thing right, the pacing and dynamics of it 
all. In non-electronic music, the performance is important, the sound, and again 
the pacing and dynamics.

Listening to a lot of music can also give you ideas. Maybe you'll hear a new 
arrangement order, or maybe you'll be frustrated by how every song begins or 
ends the same way? Maybe you'll realize that a genre you didn't care much for has 
some cool rhythms or sounds you could incorporate into your own works... or 
maybe the genre is a lot more enjoyable than you previously thought.

If you're reading this guide, you're probably into video game music, and possibly 
consider video game music to be better than non-vgm. That last bit is stupid. Old 
vgm has had lots of technical limitations, and altho these led to vgm being more 
melodic and interesting than a lot of non-vgm, using vgm as your only standard is 
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detrimental to your growth and learning. Especially with old vgm and 
production.

-

-comparing-

Starting out, it's easy to say you have a different sound, a different style, when you're 
really just not good enough to make something that sounds the way you intended. 
But you don't know (yet) how things should sound, and/or you settle for how it 
ended up. While it's certainly true that you'll eventually have a your own style, 
your own sound, and there's plenty of value to be had from experimental 
approaches, there are some key things to learn from comparing your tracks even 
then. Before you're at that point, comparisons are vital in learning what sounds 
good and what doesn't.

Frequency balance, as mentioned before, is something that you can learn a lot about 
from comparing your works to well-mixed tracks. Listening to your mix and 
listening how loud the different instruments are in relation to each other will help 
you with the mix. So will listening for how loud different frequency ranges are, 
and where individual tracks are in terms of loudness, prominence, space, and 
frequency range. Comparing the overall volume is also good, just remember that 
without the tools the pros use, you won't get your stuff as loud. Which might be a 
good thing, as a lot of modern "professional" stuff lacks dynamics.

This is where having good reference tracks becomes important, because having a 
poor mix to compare to means yours will probably sound more like it than like 
something better. This isn't about your favorite songs. Maybe your favorite songs 
aren't mixed all that well. Instead, find some well-mixed tracks to compare yours 
to, and know that the process of comparing will eventually make your production 
sound more like theirs. If you find some flawless mixes where every instrument is 
in its place, where the dynamics are intact, where the music is still appropriately 
loud or soft where it should be... good for you. This means listening critically to a 
lot of music in each genre you want to do.

Put your house mix in a playlist with well-mixed house mixes, see if it stands out, 
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and how. Likewise for any other style - find other tracks in the same style and 
genre and compare. For ocremix specifically, you can compare your mix to mixes 
in the same genre to compare things like levels and frequency balance. Most 
ocremixers are not audio professionals, but if the remix is posted (within the past 
10 years or so), then it's at least decent, and useful for reference when making a 
remix.

-

-for flaws-

Once your ears are used to hearing how stuff should sound, start listening for stuff 
that doesn't sound the way it should. This is sometimes easier in other ppl's 
unfinished works, which is why I often suggest newbs hang out on ocremix' remix 
board, listening to works and trying to find flaws in them, reading the flaws 
others point out and see if they too can hear them. If you can find rejected remixes, 
you can listen to them while reading the judges' comments on them. This is very 
useful.

When you're ready to apply this to your own works, make sure to distance yourself 
from the works. This can be done in a lot of different ways, such as including your 
works in a playlist with songs in similar styles, or by simply not listening to them 
for a few weeks. When you hear an instrument that doesn't quite fit, a wrong note, 
clutter, mud, or any of the many other things that can be wrong with a mix, figure 
out what's causing it and fix it. Take your mix with you on your ipod, to the car, 
wherever.

Note that it's usually a good idea to take backups of your works before doing 
anything drastic, so you don't risk destroying stuff that works while searching for 
the stuff that doesn't. If you have a backup, you can just reload that one if you 
mess up the other version, or just import track settings and midi data from it. I'm 
not talking about backing up everything to a separate drive (tho it's a good idea to 
do so from time to time, to avoid hard drive crashes destroying years of your 
music and whatever else you had on it).

-
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-ears, eyes and gut-

Don't forget that there are plugins to help you listen. With your eyes. Different 
meters measure different things, or the same things differently.

An oscilloscope displays the waveform over a short time, basically displaying the 
waveform of the passing audio. Some oscilloscopes operate over longer times, 
basically writing you a map of either RMS (root mean square, basically average) 
or peak (max) levels. That's pretty much what most DAWs do with imported 
audio files, and exactly what audio editors display (along with the shape of the 
wave, like an oscilloscope), tho at that point I'm not sure it counts as a meter 
anymore, rather as a zoomed out waveform of the whole audio file. An 
oscilloscope is an invaluable tool when it comes to tweaking layered drums to get 
them louder without sacrificing dynamics, or for lining up transients, depending 
on your approach.

A level meter measures the level of the audio, most DAWs' channel mixers will have 
these built-in, but they also come as effects. It usually provides you with the 
option to display either peak or RMS levels. Peak is how loud the audio signal 
actually gets, RMS is basically how loud it sounds. A bass drum will have a really 
loud peak (from the first few milliseconds of the sound) but a lower RMS. A flute 
will typically have less of a difference between the two. Like the oscilloscope, 
there are level meters that map out the level over a longer time, the difference 
between that and an oscilloscope doing the same is that the oscilloscope 
discriminates between positive and negative signal whereas the level meter only 
cares about a wave's amplitude, not its direction.

A spectrum visualizer/analyzer displays loudness over frequency, bringing you a 
table that displays how loud each frequency is. They're rarely exact enough to get 
you the exact frequency, but still get you a good idea of the spectrum content of 
the audio. Sometimes these are combined with an EQ so you can see the effects of 
your changes right away, and see what frequencies are available to boost or cut. A 
spectrogram is a similar tool that displays spectrum over time, typically as a 
scrolling image with a heat-camera-like color palette.
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A phase correlation meter displays the phase difference between left and right 
channels. Full correlation (1) means the signals are identical, negative full (-1) 
means they're exactly opposite. This is typically used to check the track's mono 
compatibility. Don't confuse it with a stereo balance meter, which only indicates 
the balance between the left and right channel levels. If they're -1, they'd 
disappear in a mono mix. You'd probably want to avoid that, altho it can be a fun 
way of screwing with your listeners. Phase correlation is useful when lining up 
different tracks from the same recording, so that they don't cancel each other out.

Related to the correlation meter is the vectorscope, and like the correlation meter it's 
used to look at how different the left and right channels are from each other. Both 
tools can be incorporated into tools that alter the stereo width (I've used a free one 
by Flux that has them both).

While none of these can do better than a good pair of ears, especially not on their 
own, it's good to have at least a decent spectrum analyzer and level meter. There 
are freebies out there. With these you can learn the levels and frequency balance of 
well-produced tracks and see how your tracks should be. Just remember that 
without professional tools and knowhow, you probably won't get them pro loud - 
and your music will sound better if you don't push too hard.

Note that most visualizers that iTunes, WinAmp, and other listening software use 
are more flashy artsy eye candy than good audio analysis tools. The same 
principles are used to produce them, but for a completely different purpose.

Also note that the speaker setup you use can produce excessive lows that you feel in 
your whole body. This doesn't mean the mix is good, just that your setup 
produces a lot of lows. Still, if you know it well enough, you can compare the gut 
rumbling of your tracks to that of well mixed tracks by others and adjust yours 
accordingly (your lows, not your gut rumbling). Note that the bass level will be 
different depending on where in the room you are. This has to do with how the 
waves bounce off of walls, creating areas in your room where different frequencies 
are emphasized. This is why some people sing in the bathroom or shower - the 
hard walls bounce a lot of sound back to them, so they hear themselves better and 
their voices sound richer.
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Because like all speakers, both headphones and monitors will "color" the sound - 
distorting and amplifying some frequencies more than others - your ears will 
probably never hear the pure mix. These tools help you get an objective eye on 
music, and I suggest you use them both on your own music and that of others.

-

-to learn a style-

It's silly to expect to be able to make a particular style, sound, or genre without 
examining it well first. You wouldn't expect a newb to just come in and write the 
sheet music to an entire orchestra, or to know how to use side-chaining or create a 
particular synth sound. Everything takes learning, and besides practice and 
research, listening is an important part of learning how to make new styles of 
music.

Some ppl come from a sheet music background and don't know DAWs, synths, and 
effects. Some ppl come from an audio tech background and might not know much 
about music at all. Some ppl are self-learned in whatever instrument, tech, and 
theory skills they may have. Some ppl don't know anything about any of this, but 
have good ears for it. Some... don't. In any case, everyone comes into music with a 
disadvantage in some area.

When you learn to play guitar, you're given some basic chords in a key that's easy to 
play. As you advance, you learn scales, power chords, barre chords, palm mutes... 
pinch harmonics... maybe. Even if you know the physics behind the guitar or are 
an excellent piano player, you gotta learn how to play the guitar if you wanna 
play it. If you don't understand what you can and can't do on a guitar, or why it 
sounds a particular way, you're gonna have difficulty writing realistic guitar. This 
goes for all instruments.

Want to write orchestral music? Study the orchestra, listen to how it sounds, how it's 
played, how the reverb sounds, where each sound is coming from. Want to write 
rock or metal? Study the bands, listen to how the instruments are performed, how 
the track is written, how it's mixed. Jazz? Funk? Trance? Punk? Bluegrass? Crunk? 
Study it, read up on it, listen to it. Not everything can be done with samples and 
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synths (and most people don't have access to an orchestra), but you can still learn 
from the plethora of music out there. Besides, the things you can do electronically 
can benefit from an influence from non-electronic stuff, and vice versa.

It's also a good idea to widen your perspective by listening to music you generally 
don't listen to. Who knows, maybe that one soul song will inspire you; maybe that 
one fugue gives you an idea; maybe you'll discover a new rhythm, instrument, or 
even find yourself a new favorite artist/composer. Try new stuff, you never know 
what you can learn.
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TROUBLESHOOTING, FAQ, STUFF

I have to put one of these here to cover some of the stuff that I expect ppl to wanna 
ask about... and do ask about, all the time. It's also a good place for all the things I 
don't quite know where else to put. All right, so you've hit the wall, you don't 
know what to do. Who you gonna call? Also, what are you supposed to do before 
you call? Read this (and do this) before asking unnecessary questions and waiting 
half a day (or more) for ppl to answer them.

-creating vs production-

On ocremix, we create interpretive arrangements rather than covers. The 
submissions standards of the site emphasize that this is what they're looking for. 
This means that when they get a remix that's just a midi of the original with new 
instruments, they don't even bother to evaluate it further - it's directly rejected.

Midi rips, as they're called, aren't all bad. I learned a great deal from midi files, and 
others have too. It's a great idea to import a midi, give it your own instruments, 
and try to mix it. Do some midi rips if you need mixing practice. Not only is it 
great production practice, but it also lets you peek into another person's music 
writing. Most vgm isn't available in original midi (and most old vgm wasn't made 
in midi anyway) so you won't get all the data the composer might have used, but 
it still gives you a look at the notes and how the thing is written.

You can still make music that's too conservative for ocremix by making covers. A 
cover is typically a recreation of another song using real instruments (voice 
optional), tho it can be drastically different in style and instrumentation and still 
count as a cover. There's some overlap, but a cover is typically different from a 
midi rip in that it's not as reliant on the midi - it's more about the performer's 
performing skills. If you go by ear rather than rely on a midi, you might get a few 
things wrong, but you'll also train your ears and perhaps figure out creative ways 
around whatever mistakes you make... as if you were making an original. Besides, 
is it really wrong just because it's different from the original? If it sounds good, it's 
good. A cover typically sticks close to the arrangement of the original rather than 
being a new arrangement, so if someone says ocremix doesn't accept covers, that's 
what they're talking about.
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While on that note, writing originals is a great way to learn... well, writing. Here you 
have the opportunity to do whatever you can think of. If you've done some midi 
rips, you've got a bunch of tracks with instruments that should sound ok together 
- ie the sound design is done and you can focus on the writing now. I learned lots 
from writing my own songs for years, experimenting with time signature and 
weird scales, combining styles I've never heard combined before, composing a 
bunch of tunes for made-up games. You can, too.

When submitting a remix to ocremix, it has to meet both creative arrangement 
standards and good production standards. It doesn't have to be on a professional 
producer or composer level; most posted remixers probably aren't particularly 
satisfied with their first remixes on the site. For how to actually submit a remix to 
the site, check the site, there's instructions.

-

-where to get help-

I can't remember having to ask someone for help with music-tech stuff, I've always 
been able to find whatever help I needed on the internet or in the program/device 
manual. Critique and technique, sure, but not "which button do I press now?". I 
would suggest you follow my example on this and don't bother ppl with technical 
questions that a web search or a quick look in the manual could have solved much 
faster. Unless you hit a wall and don't even know what to look for.

Only once have I come close to having to asking for help on ocr with a technical 
thing about my DAW, and after seemingly looking through everything, I started 
typing my help post when a thought hit me. "What's the first thing I'd tell 
someone with this problem?" Well, "check the track menus" came to mind, and lo 
and behold, there it was, the feature I was looking for. Avoid asking questions 
with a really easy and obvious answer that you can find on your own if you just 
think for a moment and look.

(For those interested, it concerned using Omnisphere as a multi-timbral (or 
multitrack) instrument in Logic in order to save processing power and memory by 
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not having multiple instances of the awesome-sounding resource-hogging beast. I 
couldn't find an option for this at first. I maintain that the menu option I was 
looking for wasn't there when I first looked.)

That said, ocremix is a friendly community. When you have a problem you can't 
solve, or a question you can't find an answer to, don't be afraid to ask us. We have 
a forum for this kind of stuff. Same with any questions about preferred 
techniques, workflow, stuff like that. Like a lot of artists, we enjoy talking about 
ourselves and how we do stuff.

We also have resources available, like DAW templates, guides (incl this one), a few 
DAW-specific forums, videos and articles on music-making... and interest in 
making these seems to be increasing.

And when it comes to feedback on your music, show it to ppl. We have forums for 
this, too, both for vgm remixes and for other music. When ppl say your music is 
crap, ask why and what you can do about it. When they say it's great, ask why 
and what you could do to make everything else great too. There are ppl who 
know what they're talking about, and there are ppl who don't.

Try to understand all feedback even if you disagree with it.

Or, understand everything, fix what you agree with.

-

-writer's block-

Can't come up with anything? Lost the drive to work on music? Everything you 
make sounds the same? You hate your own tracks? Stupid song won't sound 
right?

I think ppl work best when they're stimulated by something. Depending on your 
personality, you might be stimulated by doing things, by being around ppl, by 
seeing new places, by hearing new sounds and new music, by imagining stuff, by 
imagining a goal... everyone's different, find the things that revitalize your 
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creativity. It's like a fridge - it doesn't magically fill itself, you have to fill it with 
whatever you use to be creative.

Trying to imitate the sound design, performance, production, or other style element 
of other artists is another thing you could try to get the creative juices flowing, 
and also a great way to up your skills. Trying your hand at a new style can also be 
invigorating and inspiring. When your music mojo is gone, experimentation with 
new styles or sounds can bring some life back into your music. Also, imitation is 
the sincerest form of flattery.

Show your music to ppl who can appreciate it. Don't just put random stuff out there, 
make something you're proud of, and show it to your family. Family (especially 
aunts and grandparents) tend to like everything you make. If you know they 
won't appreciate it, find ppl who do. By the time you'll have read and applied 
everything in this guide, you should know stuff well enough to make stuff ppl on 
ocremix would like. Don't expect everyone to like it, and don't take constructive 
criticism as negative feedback, take it as ppl showing an interest in your work 
enough to give you advice on how to improve. Also, ignore any trolls.

Doing something else with your time also helps. I was the most creative in my 
school years. When I was done with school and had more time for music, it was a 
lot harder to write and mix stuff. I've since figured out that I get stimulated by ppl, 
by being around ppl, interacting with ppl... which is annoying, as I'm not really a 
ppl person.

It sometimes helps to have a goal with what you do, whether that goal is to deliver x 
tracks to someone else, or just to have x tracks done in the style of... someone or 
something. This could be why album projects are so popular on ocremix - ppl 
actually finish their tracks for albums, while their non-album tracks can wait 
another week/month/year (tho speaking as a project lead, it sometimes feels the 
opposite). While on that topic, setting deadlines also help, as long as you're not 
the type of person to just move them when you don't meet them.

-

-newb psychology-
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It's fun to make stuff when you keep hearing ppl's reaction to it. It's not as much fun 
to just do stuff on your own. Just be careful to not become dependent on other 
ppl's ears and responses. I already mentioned this in an earlier chapter, but it 
keeps happening on ocr's feedback board all the time, so it's worth a repeat.

Other ppl's ears are a great way to checking for stuff you've missed; an invaluable 
resource. But it's quickly exhausted. ppl get tired of hearing subtle updates of your 
track. Before they can tell what you're doing better, they won't be much help, and 
once they can they'll probably quickly get tired of your incessant need for 
feedback. 

Getting trapped in a need for approval is a terrible place to be. You should be getting 
a kick (a morale booster, not an actual kick) out of completing your songs rather 
than from virtual pats on the back for progress on your unfinished works. 
Achievement should be the morale booster you're looking for, not ppl's approval. 
When their approval is all you're looking for, you'll be discouraged by negative 
feedback, and by receiving no feedback at all. When you're getting your creative 
energy and motivation from personal achievements instead, you'll have a drive to 
advance, learn new things, do new things, and complete whatever you set your 
mind to. And that means more finished tracks, and a greater audience.

Not to say that sharing unfinished works is wrong. On the contrary, it's immensely 
useful. You just gotta do it for the right reasons and at the right time (ie NOT ALL 
THE TIME).

Lemme also explain about the psychology/sociology of the feedback boards on ocr: 
there's lots of newbs there. There are ppl there who have been making music for 
years, and some who have just started out. The newbs often don't know what 
they're talking about, and don't dare criticize other ppl's music... probably because 
they're afraid theirs (or themselves) will get criticized too. Then there's fear of 
being wrong in public, and there's just plain ol' ignorance of what's wrong with 
the track. A lot of this fear is... well, not unfounded, but kind'a stupid. You can't be 
afraid to be wrong if you wanna learn stuff. The pros (as opposed to newbs; not 
necessarily audio professionals), on the other hand, may well say what's wrong, 
but won't necessarily stick around to keep you updated as to what you're doing 
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right with subsequent updates. So don't post every single edit you make, post 
when you need feedback.

That also goes for the mod review feature, which is getting someone ocr thinks is 
near judge-level to give your track a listen before you submit it. It's much faster 
than the judges' panel, and they might spot something in your track that you and 
regular listeners have missed. It's only to be used on tracks you are ready to 
submit; the mods are, as I've said on the forums, not there to hold your hand 
through the entire mixing process, they're there to give your track a checkup 
before you submit it. (Obviously, non-remixes do not get mod reviews.)

A great solution to this all, aside from practice and study, is to make friends. Some of 
them might have better ears, and they will at least be a little more objective about 
your stuff than you are. Just don't forget to listen to their works, too. Some more 
about this in a later section.

-

-skill psychology-

According to the four stages of competence, there are four stages of competence. I 
reckon there's a pre-first stage, where you have little to no idea what you're doing, 
and are well aware of it. It's still too new to you to feel natural. I'm experiencing 
this in learning c++ atm. It sounds like the second stage, so maybe that's where 
some ppl start before regressing into stage 1.

Anyway, the first stage: unconscious incompetence. You start off doing it - in this 
case making music - not knowing that you're terrible at it. This is where many 
newbs are, the most prolific, the ones least receptive to constructive criticism, the 
ones that throw a big hissy fit over criticism or rejection.

This is related to the Dunning-Kruger effect, where ppl who are incompetent at 
something still maintain that they're good at it. Not sure how I came across it, but 
there are apparently plenty of alleged programmers out there who can't write a 
fairly simple math program. I tried it, and after a small amount of screwing 
around with it, I got it to do what it was supposed to. I can't believe ppl who 
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know less than that about programming would ever seek a job in programming. 
Then again, I can't believe some ppl think their music is great, when I would 
rather not have heard it at all. I have a hard time believing I thought my own early 
works were great.

Basically, you think you know what you're doing, but you don't, and everyone who 
do can tell.

"But I have a different style...!" Didn't we cover this already? You haven't developed 
your style yet, you're just making excuses for not making music that's up to par.

The second stage of competence: conscious incompetence, or "you know you're 
terrible at it". Some ppl stay in this stage longer than they have to. Ideally, ppl 
would be well aware of their capabilities, but they often look to their work so far 
to gauge their current skill, not to what they've learned from that work.

At this stage, you can tell it's not good. This is probably the stage where most ppl 
quit learning any skill. It may also be where ppl hone their skills the most. Some 
ppl belittle their skills, their music - they're probably in this stage.

I spend a fair amount of time in this stage, actually. I know I have areas of music 
making that aren't my forte, but I also know my strengths.

The third stage: conscious competence. This is where I think most of my music skills 
are. Then again, this is probably where ppl in stage 1 think they are. This is the 
stuff you know you know. If you disassemble each skill into its constituent skills, 
my melody writing skills would probably be here, while my piano playing skills 
would be in stage 2.

Here ppl know what they're doing, and others can tell. If they belittle their skills, 
they're trying to be humble/polite/funny. Or they're fishing for cheap 
compliments. Always an option.

The fourth stage: Unconscious competence. I occasionally catch myself being here, 
talking about things that I do without thinking. I can sometimes just say "write 
new chords" or "side-chain the instruments that need it" without elaborating, 
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because both my listening skills and my music-making skills are at the point 
where those things just happen almost by themselves, when I think I need them. 
Others might not know which chords would work, or which instruments would 
need to be side-chained or how to side-chain at all.

This stage is the stuff that's second nature. The skills you have here are like walking, 
talking; you don't have to think about them when you do them. Anyone in this 
stage belittling their skills have their eyes set on a higher goal and/or don't 
consider their level of skill as anything special. They've set a higher goal and have 
placed themselves in stage 2 in regards to this new goal, but when it comes to 
talking to these ppl about stuff you're having trouble with, they might not 
understand how you can't know those simple and obvious things. It's so natural 
to them that they don't understand that it's actually difficult stuff.

You can read up on these two things, the Dunning-Kruger effect and the four stages 
of competence, if they interest you. I've only explained them from my experience 
and understanding, so I could be completely wrong. I haven't studied psychology, 
I've just written a little about music. But it makes sense to me (possibly stage 1).

-

-entitlement-

From time to time, someone shows up on ocremix displeased with how their tracks 
aren't received as well as they had expected. They have all the right tools, perhaps 
they've have taken classes in music or audio, perhaps they're working 
professionally with sound- or music-related stuff, perhaps they've got killer studio 
chops. They feel entitled to fame, praise, or whatever else they were expecting, 
and are angry when their expectations weren't met.

This is normal. It's also childish, and you should grow past it.

It's also part of the Dunning-Kruger effect, where because of their tools, their 
education, too many aunts and grandparents complimenting their bad music; they 
think they know what they're doing.
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On one hand, you need a thick skin. There are ppl who won't filter their thoughts, 
and who don't care how their thoughts are received. There are ppl who are 
prejudiced against certain (wubwubwobblewubwub) styles or genres, or even 
against the idea of making music without physical instruments. Or perhaps they 
just don't like you. See also the section on Hate below.

On the other hand, having tool x doesn't mean you know how to use it. Knowing the 
theory doesn't mean you know how to put it in practice. Having credentials on 
paper doesn't mean you have the skills. Having a car doesn't mean you know how 
to drive. Having been to a burger restaurant doesn't mean you're a hamburger - 
despite the adage "you are what you eat". In other words, they might be right 
about your music being terrible. If so, stop whining, and get better.

Just because you put a lot of effort into something doesn't mean it sounds good. Just 
because you think it sounds good doesn't mean it sounds good. Just because you 
made it doesn't mean it meets the standard ocr has set for the mixes getting 
posted. On ocremix, you're dealing with music ppl, ppl who listen to lots of music 
and typically know what they're talking about (you don't become a judge by just 
being around). When they're saying there's something wrong with your track, 
there probably is. If you're talking to someone with years of experience and who's 
recognized by the community as someone that knows music, you definitely 
shouldn't throw around terms like bias or elitism and go around calling ppl 
names. Yes, it happens.

When you're ruled by your sense of entitlement, you will be disappointed.

There's a related form of entitlement that also crops up, and it is related to software 
piracy. I'm sure ppl would download cars if they could, but that's not what this is 
about. Just because you want to make music doesn't mean you deserve to have all 
the tools available. People spent time and money on creating those things, why 
should you get them for free? Other ppl spend hard-earned money to get those 
things, why should you pay any less?

Good thing you can't pirate skill. Skill comes from experience, which comes from 
doing stuff more than once. Do stuff. Learn stuff. Get better.
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-

-no feedback-

ocr's feedback board is a relatively active place, but remixes sometimes get 
overlooked and go without any responses. There's a few things your can do about 
this.

1. Remix popular sources, ppl like to listen to remixes of sources they're familiar 
with. This means they can comment on how you've interpreted the source, which 
is often easier than finding technical flaws. Even posted remixers tend to prefer 
sources they're familiar with. Tho ocremix likes the seldom remixed, rare, under-
appreciated sources and want to shine a spotlight on them, you won't learn as 
much without feedback as you would with. If you wanna shine a light at the 
seldom remixed games and sources, that's cool. If you need more views, more 
feedback, consider remixing something a little better known.

1b. There's another side to this, tho. Popular doesn't necessarily mean sources that 
have been remixed a thousand times already. ppl who have been playing games 
for a long time have their own favorites that might not be getting much attention. 
Angry Birds and Team Fortress 2 haven't been remixed much, but may well attract 
a lot of listeners. idunno. If you know ppl have a thing for a game that haven't 
gotten much remix attention, that might be a good game to remix.

2. Make friends, ppl are more likely to listen to something made by someone they 
know. The ocremix community isn't just the forums, it's also the irc channels, 
youtube, facebook, IMs, emails, meet-ups irl etc.. Don't be afraid to talk to "big 
names", like posted remixers and ocr staff. Most of the ppl on ocr are cool, and a 
lot of them have good ears for music. The friends you make that know more than 
you do are a great resource, but there's also things to learn from ppl on your own 
skill level; these friends will probably grow with you, challenge your development 
as an artist, listen to your works (don't be an ass, listen to theirs too), and just be.. 
well, friends.

3. Name your threads so that you attract the right audience. If you make metal, put it 
in the title; it'll attract metalheads, and they'll know more about metal than those 
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that prefer electronic music, or jazz, or whatever. Same with pretty much 
whatever you post on ocr's feedback boards - write the thread title with care. Put 
the game title in there, and include the specific song when you think it'll help you 
get views and comments. Calling the thread "My Remix" will not do nearly as well 
as "DKC Aquatic Ambience Metal".

4. Comment on other ppl's mixes. This makes your name more familiar to them 
(point #2), it can make them feel indebted to you, it'll help you put into words the 
things you hear in other ppl's works and help you recognize it in your own, and 
it's part of what the feedback board is all about. It also builds reputation (point 
#5).

5. Develop a good reputation. Almost everyone on ocr came here with nothing to 
their name, whether they're audio professionals or total newbs (with or without 
alleged killer studio chops). Be friendly, be useful, be cool. This makes _you_ 
attractive, thus boosting the chance of ppl wanting to hear what kind of music you 
make and help you grow as an artist. Being obnoxious, hostile or incoherent will 
hurt your reputation. You don't have to write perfect and eloquent English and 
know everything and love everyone and make awesome music all the time, but 
being on-topic, intelligible, and encouraging makes you look good.

6. Finish your tracks. Not only does it teach you those finalizing techniques and get 
you something complete to show others and get feedback on, but getting 
something posted on ocr means ppl will recognize your name and want to hear 
what you're working on next. While waiting to get posted (and working to 
become good enough to get posted), put your works on youtube, place them on 
soundcloud, post them on newgrounds, promote them on facebook, present them 
to anyone who'll listen. OCR isn't the only place on the internet for music, not 
even for vgm remixes. 

6b. Also, once you're a posted remixer, you might have a link to your ocr mixes 
under your forum name , so ppl see that you finish what you start and that you 
make music that's good enough for ocr. Would you help someone with the 
foundation of his house if you didn't think he was gonna build the rest of the 
house too? This link thing doesn't currently apply, due to new forum software, but 
I hope this'll change.
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7. Respond well. Related to reputation (point #5), responding well is avoiding to be 
an ass in your own thread. It means you welcome any criticism, any feedback. You 
can respond to criticism, ask for clarification or disagree, but if you end up 
seeming ungrateful or hostile, you probably won't get a lot of further listens. 
Likewise, only responding with a new update of the track can be detrimental to 
the thread's progress. You don't want to seem needy (see the newb psychology 
section above).

8. Just ask. Already mentioned in point #2, most ppl on ocr, including a lot of the big 
names, are friendly, cool ppl who enjoy lending ppl their ears. I'm honored and 
humbled every time I find a request like that in my inbox, tho I'm glad it's not on a 
daily basis. Those that hang around the feedback board are probably the ones 
most likely to respond. PM them and ask. You can ask judges and workshop mods 
too, even if you're not asking for an actual mod review (which is for when you 
think the track is ready to be submitted). You can also ask friends, if you have any 
(#2).

When it comes to what's most effective, I'd have to say that any one of these 
probably won't do much on its own (except possibly #8, just save it for when you 
need it). Just look around the remix board and you'll see popular games getting 
little to no feedback, new names gathering lots of listeners... Give more feedback 
than you get, and you'll help grow the community and probably get more 
feedback yourself in the process.

-

-hate-

So you've posted your mixes, and you get ppl's comments on it... and they all hate it. 
What are you doing wrong? Assuming you've read this guide and applied at least 
the basics of it, it's not the music itself they hate... if they hate at all.

Again, it's psychology. If you have 10 good experiences and 1 bad experience, which 
experience do you think you'll think about the most? In this scenario, doing the 
math leaves you with 91% good. That's not bad. 
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You can limit some of the negative reactions by minimizing polarizing elements like 
vocals, voice clips and sound effects, but these can be used well in music (after all, 
singing _is_ music). Rap is especially polarizing. Mixing genres (as in being more 
than just "with a jazz influence"), especially medley-like genre mashups or really 
odd sound combinations can throw ppl off too. Still, as it can also be done well, 
you should try to understand why you're getting the hate - is it only because of a 
polarizing element, or is it because of things you could do better? For example: 
let's say you have singing in your track - do ppl hate singing, or hate its writing, 
performance, or how it's mixed in? If it's what you want to do, do it regardless. Do 
it knowing you might get some hate for it. That knowledge will help you against 
the hate, and you won't be compromising your style/vision/whatever.

Sometimes you're just doing it wrong. Before you've gotten used to getting feedback, 
you're probably quite sensitive to ppl's opinions on your work. Grow a thicker 
skin. The ppl who care enough to point out what exactly you're doing wrong 
probably care more than the ppl who just say your mix is cool and don't elaborate. 
Sure, the latter can care lots and still not have words for it, but that's just lazy on 
their part - if they like something about it, they can state what they like, or even 
just where in the mix it is.

Haters gonna hate. The ppl who aren't actually interested in your music, whether 
they're trolls, single-genre snobs, perfection elitists... let them hate. They're not 
gonna change their mind over a tantrum of yours, so just let them be.

And btw, just because ocr has a high standard it doesn't mean the judges hate you 
and your music when they reject you. It takes about two years on the site (we've 
had threads about this) to get to ocr's level of quality; how long exactly depends 
on your prior music knowledge and skill, ears, tools, talent, and how much effort 
you put into it all.

-

-good feedback-

I'm sure I've said it a few times already, but let me reiterate: listening to other ppl's 
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music and putting into words what you think about it, the issues you hear, and 
the solutions you can come up with is great, both for your own artistic growth and 
for that of your fellow artists. By providing useful feedback you can make them 
feel familiar with you, even indebted to you so they'll respond in kind with 
feedback on your remixes.

So what is good feedback? The ocr staff has put together a checklist of common 
problems with mixes submitted to the site. The checklist lets you mark what 
issues you hear in a mix. This means you have some help in finding (or avoiding) 
those things, and suggests things to listen for (eg clipping or noticeable 
compression). As you use it, you can learn to hear these things even when not 
prompted by the checklist, and to avoid those problems in your own mixes.

Good feedback points out the problems. It can be offered in a very nice tone, or... a 
not very nice tone. It can be detailed and elaborate, or succinct. It can address 
everything, or just one thing you need to hear. It can encourage you, it can 
challenge you, it can even offend you. How you feel about it isn't what matters. It 
doesn't have to point out what you're doing right (tho that's usually appreciated). 
It's doesn't even even have to point out what you're doing wrong. Ultimately, 
good feedback tells you what and/or how to improve.

Another way to define good feedback is to define bad feedback. Incorrect, incoherent 
or irrelevant feedback is bad feedback. Imprecise isn't good, but it's better to hear 
that "your mixing is bad" than to not hear anything about the mixing at all. That's 
assuming the person offering the feedback doesn't get his terms mixed up and 
meant your writing instead. Inexistent feedback also counts, as you won't even 
learn whether random ppl like your mix or not if they don't say anything. Praise 
(even sincere, if excessive) is also bad feedback - hearing that your mix is the 
greatest thing ever does not help you grow as an artist. I mean, what do you learn 
from hearing that you know everything?

You should always question the feedback you're getting, if all you're getting is "it 
sucks" or "it rocks", ask why, ask what specifically sucks or rock, ask what you can 
do to improve it. Don't take anything at face value, question everything and stick 
to what makes sense. Try to understand all feedback you're getting, even if you 
don't agree with it or know what the big words mean. And nothing's stopping you 
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from reading feedback on other ppl's works and trying to hear the things they 
hear.

Repeat: try to understand _all_ feedback.

-

-it sounds like midi-

An oft-used criticism for music made by newbs is that it sounds like midi. There are 
two reasons that statement is categorically incorrect. First, midi is note data, not 
sound; so it can't "sound" like a midi. Second, while most computers will play 
midi through the same sound library, midi _can_ sound quite different when 
played through different hardware or software. This distinction does nothing to 
improve your music, but the comparison might.

A typical midi soundbank doesn't have high-quality sounds, it's got few velocity 
layers and no round-robins. The sounds have an initial attack phase and then a 
looped portion of the sample for the rest of the note. For this reason, repeating the 
same note will make it sound the same, and a sustain will create an unchanging, 
static sound that real instruments never have. Simple synth patches can have 
similar problems. Then there's dynamics, where loud notes and soft notes sound 
different. If you've ever heard a real piano, you should know this: loud notes 
aren't just louder than soft notes, they're brighter. On a real instrument, this is 
seamless. With samples - velocity layers - there can be drastic, unrealistic 
differences between velocities.

While it's possible a midi file is written with lots of midi control change messages, 
these are simple changes to the existing samples, not actually different sounds. 
Meticulous work with these can produce a more lifelike performance in a midi 
track, but they'll still be that same, looped sound. Sequenced midi files will often 
not be humanized, although that isn't a fault with midi format but with the file 
and its author.

The midi format can use a basic reverb effect. As such, midi only gives you three of 
the options a DAW does: level, pan and reverb. No compressor and no EQ. 
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Overuse of effects is a completely different problem, and while it's possible to 
make great music without those tools, most computer musicians need these tools. 
Without them you can't clean up muddy mixing, add punch, brighten up the mix, 
separate tracks, etc... These things are especially important when working with 
low-quality samples, such as a basic midi soundbank.

Other terms for these problems would be static or low-quality samples, mechanical 
or robotic sequencing, raw production or mixing. It's possible to have these 
problems without using general midi sounds, which is often the case. I've 
mistaken high-quality instruments for simple ones because of a lack of mixing and 
balancing. How do you avoid making your music sound like a midi?

Humanize. While it'll do little on its own, not humanizing can keep a track in a state 
of sounding like midi. How much humanization is needed depends on the 
arrangement, the style, and of course the instruments used.

Use higher-quality samples. The stuff that came with your DAW is convenient, but it 
might not be enough to make a great track (obviously this depends on what you 
got with the DAW, and the genre). There's free stuff on the net, and there's 
affordable options among commercial instruments. You can also mask the quality 
by using effects appropriately. A short, warm reverb can mask some quality issues 
in samples, and you can put another reverb on it to create the space. Likewise, 
using distortion effects gives you a more realistic distortion sound than if you use 
pre-distorted samples. The electric guitar samples I've heard in midi tracks are 
hilariously bad; all it takes to get a pretty rocking fake guitar lead is an amp sim 
and some playing with vibrato and pitch bends.

Mix better. I already mentioned having heard industry-level instruments used so 
they sound cheap, and I've heard really impressive tracks made with free samples. 
Arrangement is of course a factor in this as well, but not doing a decent job with 
the sound design and mixing will hurt your tracks.

You can also pick a style that doesn't need high-quality samples, such as various 
chiptune-inspired styles. Do note that this doesn't make it easier, it just shifts the 
difficulty to other parts of the process, eg to creating exciting arrangements. Using 
simpler samples means you sacrifice much of the emotiveness. Not to say that 
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chiptunes and their offspring can't be emotive, you just have to work it in by other 
means as you don't have the same range of emotion in the waveforms by 
themselves.

-

-terrible sound-

So when you've exhausted the stuff that's free on the net and the stuff that came with 
your DAW, and you music still sounds terrible - then what? Either you haven't 
learned how to use that stuff, or you'll need to get some better sounds and tools. 

If it's just a matter of not understanding what to do with the tools you have (and this 
is quite common), re-read the writing, sound design, and mixing parts of this 
guide. Read other guides and tutorials. Read stuff on ocr's forum, or elsewhere. 
Practice. Experiment. Do stuff. Get feedback.

While it's possible to remix for free, having competitive tools that are professionally 
developed and tested helps a lot. When you feel limited by the stuff you have, 
consider your needs before you start looking around for free or cheap new toys. 
Where are your weak points, and will spending money on a professional tool 
solve your problem? No tools will do the job for you, you'll still need to learn to 
use it. Getting a professional mastering suite before you know how to use a basic 
compressor is not a good idea, nor is getting an expensive orchestral library before 
you understand basic harmony.

Also make sure your DAW and computer can handle what you get. I made the 
mistake of getting Omnisphere before learning how to use multi-timbral 
instruments properly, and without considering my computer's technical specs and 
Omnisphere's requirements. While I don't regret the purchase, I have, from time to 
time, hated working with it. It's an awesome tool, but it's quite heavy on the RAM 
and processor... especially if I use more than one instance of it (which I often did 
before learning how to use it multi-timbrally). If there are specs listed, read them; 
if there's a demo, try it before you buy it.

As for what tools to get, the internet is full of audio boards, review sites and other 
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resources. If you're wondering about something, check to see that there isn't 
already a thread about it on ocr or on some other forum you trust. We like to talk 
about the new tools we get, or consider getting, or have decided to not get, or 
hope nobody will ever buy... but be specific when you post. Don't ask a generic 
question, like "What should I buy to make my music better?" which would just get 
you patronized and ridiculed. Instead, ask something more specific, like "Good 
orchestra for under $400" or "Pro mastering reverb - worth it?" or even just 
"What's your favorite virtual instrument?" Remember, we're artists, we like to talk 
about ourselves and our stuff.

-

-computer requirements-

Some effects and instruments take a lot of memory, as can the DAW itself. There's 
ultimately three things to keep in mind when talking about the power 
requirements of mixing: disk space for samples, recordings and renders; RAM/
upper memory for the DAW, samples it loads, and audio in processing; and 
processor speed.

The first should be easy - when the disk is full, you can't save anything. Disks have 
different read and write speeds at different parts of the disk, and as DAWs tends 
to make use of temp files and computers use some of the free space as RAM, it's 
best to make sure you have plenty of space on your drive. No space, no saves. 
While everything screeches to a slow crawl when you only have a few gigs of 
space left, it should still be enough to work in. It wasn't that many years ago since 
I had only a few hundred megs of space left and could still make music. In other 
words, make sure you have free space.

Large sample libraries often make use of streaming rather than loading the 
instruments to RAM, so a fast drive is often good to have as well. SSDs are still 
fairly expensive, but a regular HD should be fine for most uses. You may have to 
tweak the streaming settings in the instrument to make it work without issues. It 
works for me.

The second is RAM, or random access memory, which is like little notes the 
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computer makes to keep track of what it's doing right now. Aside from the stuff 
the operating system does, everything your DAW knows how to do is stored here 
while you're working with it, as are the samples of some instruments, and parts of 
the song during playback. The less RAM you have, the less your computer can 
keep track of. Note that older OSs and DAWs had what today seems like really 
low limits to how much RAM they could actually use.

Because every application you have open uses RAM, close applications you don't 
need while you're working on music. Current web browsers are notoriously 
memory-hungry. If you can, dig up a program that displays memory usage and 
see how much Steam or Chrome or Skype or iTunes or your other software uses. 
The same goes for their processor usage as well.

The third is the processor itself. In simple terms, it's the calculator that does every 
math operation involved in the mixing process - picking up samples, finding the 
value of the right sample at the right time, doing the same with synths, applying 
effects, adding all tracks together... If it makes sense, imagine a simple 2-track 
song, audio only, and no effects, and add the audio sample values of every 
moment of the two tracks into a single track. The computer does this and more, 
for every track, 44 100 times per second. So the more processing you have, the 
more effects you have; the more effects you have, the better your processor needs 
to be.

Again, close your other applications to free up processor resources if you need to.

-

-kids vs grownups-

There can sometimes seem to be an age gap between ppl in music, where kids these 
days have like totally dedicated their lives to music, and grownups have jobs and 
lots of money to buy all kinds of tools. In other words, everyone's in a better 
position than you are.

Think of it like this: you're only as old as you've got experience for. If you're 
completely new to making music, you're a kid. You don't know stuff because you 



rozosremixingguidev12

107

haven't been around that long and nobody's told you anything. Kind'a like a kid 
just starting school. If you've made music for years and years, you're a grownup. 
You've got years of experience and have amassed tools and skills during those 
years. You know, like someone who's been through school already.

Some ppl "mature" faster than others, because of talent and/or dedication. Some ppl 
will make better music sooner because they have access to better tools. That's how 
life works, too; not everyone's parents buy their kids a cool car when they turn 
(insert legal driving age in your area here), some ppl have to earn money to buy 
the car themselves.

Ultimately, a person's age shouldn't matter. In the end, it's just music. Spend a few 
years making it, and you'll make better music too. And that annoying kid who 
makes crappy tunes? Check back in a few years to see what's become of him/her. 
That pro you look up to? Was probably an annoying kid who made crappy tunes 
back when. And you? You're somewhere on this continuum as well.

-

-all i can do is-

"Hi, I'm Newby McNewbson, and all I can do is X. Can anyone do everything else 
for me?"

How about... no.

The above might work when you're 3 years old, but it's not really gonna fly on the 
internet. Aside from reading the whole guide to make sure you can do the basic 
stuff, lemme point out some things you can do to get started faster. Let's assume 
all you can do is:

...play piano. This is actually a pretty good starting point. I made music for years 
without being able to play piano. I consider myself barely able to play piano. Get a 
midi keyboard and record into a DAW. If you can play an ocr-style arrangement, 
all you need is a decent sound for it and the very basics of production, and you've 
got yourself a remix.
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...play guitar. Aside from this meaning that you, as with the piano example above, 
already know chords and stuff, and can work out melodies on a real instrument, 
you've got a great resource here if you can record it. Doesn't matter if it's electric 
or acoustic (the recording technique differs, obviously). Banjo also counts. And 
ukulele. And bass, unless you've only played root notes.

...play violin, or cello, or trumpet, or x orchestra/jazz/marching band instrument. If 
you can record it, you've got a great instrument to use in a collaboration. Aside 
from just playing x, you should also know what x can and can't do, and point that 
out to your collab partner(s). Once you know more about making music on the 
computer, you can write more realistic parts for these instruments. If you play in a 
band - whether it's a marching band, jazz band, orchestra, or whatever - you 
probably know how what these instruments can do, how they work together, and 
how they should sound. That helps writing, sound design and mixing.

...play some weird instrument/make some weird sounds. All you can do is make 
sure you can record it and let ppl know you can do it. If they know about it, they'll 
consider it when they make their music. It might be a good idea to expand into 
some other skillsets, tho that applies to pretty much all of these. Just read the 
whole guide, and start using that instrument/sound in your own works.

...play drums/percussion. Ouch, tricky. Recording drums is a lot more work and 
takes a lot more mics than recording pretty much any other instrument. You've got 
a great resource for getting a good idea of the rhythms you wanna use, but that's 
about it... unless you have a lot of recording gear. It's a great skill to have when 
writing music, but if all you can do is play, you're not there yet. If you have an 
electronic drum set, you don't have to worry about the recording much, and you 
can provide ppl with a midi performance. Pretty useful. A good knowledge of 
drums means you've got a great foundation for writing, because a lot of newbs 
struggle with rhythm, which you, with your drums knowledge, shouldn't.

Note that if you can record audio, you can sample the instruments you have. Even if 
you can't make it into a virtual instrument, you can hand out the samples to 
anyone interested (except if there's money involved on either part) and see what 
they'll make of it. A friend of mine recorded his upset stomach, lots of bizarre 
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bubbling sounds. That was an interesting sound, definitely useful for certain 
ambient musics. I've sampled myself doing some beatbox-y sounds and used 
them in a track. Not that making basic virtual instruments is difficult, just get 
Kontakt or something if you have the cash. Even without it, you can just hand 
over the samples directly to someone who does.

Note also that you can do percussion-only mixes, but you kind'a need to be able to 
arrange and mix to do that by yourself.

...dj. That's actually not a bad place to start. You should already be vaguely familiar 
with EQ, basic levels mixing, and via beat-matching you should know rhythm. 
You might also have a sense of arrangement, progression, dynamics through 
building your sets and having listened to the tracks you've been playing. Perhaps 
you don't know what to do with notes, perhaps your sound is raw and unrefined. 
That's okay. Read this guide, it should help.

...sing. So play a few chords on a decent-sounding virtual instrument and sing along. 
Not every song has to have an intricate, elaborate arrangement; some songs work 
best with a minimal backing. That's if you have a good voice. If not, practice, and/
or use effects. I hear auto-tune is popular these days (unfortunately). Yeah and rap 
counts, too, it just needs something more melodic for backing to get on ocr.

...rap. If that's all you can do, you're very unfortunate. Seriously tho, rap might be 
easier to work with than singing, as it can just reference the melody or rhythm 
whereas singing usually needs to be built, at least in part, on the melody. While 
you still have to record it, you might be able to make a basic beat yourself and 
hand the whole thing over to someone who can produce it better, with or without 
some arrangement edits. Writing a good rap might be harder than writing a 
regular song, tho.

...write lyrics. You know, this is actually a pretty good skill to have. Assuming you 
can write some decent (or even good lyrics; I'm talking about how they work with 
the rhythm of the language, the melody, and of course meaning and stuff like that) 
and have a vocalist and someone to make the music (they can be the same 
person), you can make some great tracks. Vocals are actually hard to write well. If 
you can do more with the lyrics than just put words to a melody (such as adapting 
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the melody to the lyrics, writing parts for more voices...), you should just make 
friends with both vocalists and arrangers/producers (on ocr we just call everyone 
artists). Aside from learning to make music yourself, of course.

...come up with cool ideas, like game x in style y, which would like be like totally 
awesome-like. Well, I have a few dozen good ideas I've started on and never 
finished, and I think that's the case with most ppl. Anyone can have an idea. Not 
everyone can make the idea into reality. If you wanna see your ideas turn into 
reality, re-read the guide and start making music yourself.

...come up with names. I admit, naming tracks can be tricky sometimes, especially 
when you've gotten used to a temp name (my temp names are usually terrible). 
Still, I'd just ask my friends if I thought I needed help coming up with a name. So 
make friends. You should do that anyway. Also, learn to do music. Then you can 
name your own tracks.

-

-comments on collabs-

The prospect of a collaboration can seem very appealing if you're at a point where 
your skills and know-how just doesn't get you far enough. While I don't want to 
discourage collabs, there are a few things you need to know before going into one.

First of all, either you or your collab partner might be a total newb or even an utter 
n00b (see the preceding question). This means that the other one will probably be 
doing most of the work. In a worst-case scenario, you both are. It's best to learn 
the basics (such as reading this guide through and applying it to your music-
making) before burdening others with your inability. Make sure you and your 
collab partner(s) have the skills for what you're contributing with and can actually 
follow through.

Make sure you're all clear on who does what, and that you're all working towards 
the same goal. "To make a remix", well, duh. What I mean is that you all have the 
same idea for it, so one person isn't trying to do an 80s synth rock track out of 
what another person is trying to make a grungy metal track out of. While a 
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blending of influences, styles, and genres can be beneficial (sometimes 
serendipitously), it's easy to put together a cacophony of styles that either don't fit 
together, or that you don't have the skills to combine. Also, you better not get into 
a disagreement about who's supposed to do the sound design or do the solos, or 
end up hating the edits you collaborator does. Getting a collab partner for a 
specific task ("here are your notes, play this", "do the drums", "plz add some 
melodies here and here", "add harmony and ambience and stuff", "I write, you 
mix") or for a specific part of the mix (such as writing the drums, an intro, the 
second half, inserting some stuff into 2:10-2:45). And make sure you're able to step 
away from it when it's in the hands of someone else.

Big, collaborative album projects need a mention too. The bigger it is, the harder it is 
to get it done for free (or at all). Since just about everything we do on ocr is for 
free, as well as available for free, nobody gets paid. Making the music is the only 
incentive (besides possible, limited internet fame), so you can't ask for huge things 
and expect everything to fall into place by itself. When suggesting an album, 
know that you're probably not gonna get a 60-track magnum opus, you'd be lucky 
to get a 10-track thing started... tho the faster you get to 10 tracks, the faster ppl 
will get interested and join up. It's best to start small and let things grow than to 
start big and have to cut down on tracks later. Just leave room for it.

When contributing to an album project like this, make sure you stay in contact, make 
sure you know what's expected of you and your contributions (style/sound, 
deadlines, format etc. where applicable), know it'll be for free, that you are 
receptive to the director's sometimes outrageous demands to edit your 
masterpiece (the word masterpiece used very loosely). At the same time, don't 
sacrifice your vision for the track (unless your vision doesn't fit with the project 
overall).

Follow through, or notify your collab partner(s), project leads, etc. when you're 
dropping out. Uncertainty drains energy and adds unnecessary stress to the whole 
thing. I'd rather have ppl drop out on my projects than wait without knowing if 
they'll be back. If I know they're out, I can find replacements.

For collab practice, there have been team-based competitions on ocr and other vgm-
remixing-related sites. I learned a lot about collabs from my teammates and the 
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collabs we/they did. For album project practice, ocr has more than a few in the 
works at any given time. Get in touch, see what you can do.

-

-do i need to know everything?-

Short answer: no.

Long answer: nooooooooo...

Let me put it like this: the more you know, the better. But you can make enjoyable 
music even if you only know the basics. Much of what I've covered in this guide 
isn't stuff you _must_ know to make decent music, it's just stuff that helps. At its 
core, music production is about how to write music and make it sound good.

If you're not using synths, knowing how they work is a bit superfluous. Sure, the 
principles behind synthesis might help you mix, but they're not necessary. Neither 
is recording capability and quality if you don't record, knowing how to remix vgm 
if you only do originals, or how to write jazz or orchestral music if you only do 
metal.

What you do need to know is how to write the music, make each instrument sound 
good on its own, and make them sound good together. You need to know writing, 
performance, and mixing. Without good mixing, it just sounds terrible. Without a 
good performance (or sound design, or whatever makes it emotive) it gets boring. 
Without good writing, it just sounds newby. When I say "know", I don't mean that 
you need to be an expert, just that you can avoid the worst pitfalls and produce 
something competently.

So the answer is no, you don't need to know everything. Just make music, you'll 
learn what you'll need to know eventually if you stick with it.

...ooooooooooooo.


