THINKING INSIDE THE BOX -  hypnotic tutorial
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Part One: Intro

To begin: an anecdote. 

I started making music with Impulse Tracker. After a few years of gaining decidedly un-professional results with that, I moved onto Buzz. Yippee! Effects! I happily threw my sounds into a ton of reverbs, filters, delays, distortions, phasers and so on. In some ways, of course, this was an improvement. My sounds at least had a bit of depth and character. But somehow the real fundamental problem, an "unprofessional" sound, was still there. My tracks sounded weak, thin, and simply a lot quieter than professional stuff; the mixes always sounded wonky, elements not really fitting with each other. 


Slowly I came to realise the problem. I was not really using, nor even being aware of, any EQ or compression. After all, they were both a bit scary, I didnt really understand them, and besides - they were boring, compared to my funky range of drastic FX processing. Silly me. I should have realised that... 

  EQ and compression are simply the two most important tools in production. 

Think of it this way. You are building a house. Exciting things like flangers and filter-delays are like the designer purple wallpaper or expensive thick-pile carpet. They make your house look welcoming, or fashionable, or comfortable to live in. EQ and compression on the other are making sure the bricks are mortared together and the walls are strong enough to support a roof. And at the end of the day - sure, your designer wallpaper may be lovely, but if the kitchen has collapsed into rubble and the bedroom door is only three inches wide, your house wont be much cop. 

My mistake, and I think the mistake made by many learning producers, is to be tempted by the more exciting task of choosing the colour scheme and leather sofas, when my walls could be knocked down by a sneeze and my roof is made of paper. Get the fundamentals sorted first! Otherwise the frilly stuff actually just gets in your way and makes it harder to even work out what your problems are! 

Hence this tutorial. 

Now I could simply do a lightning quick tutorial on compression - I could say, for example, "for basslines its best to compress at a ratio of 3:1, threshold -6db" or whatever. (Thats a totally fictional example by the way). But this is only so much use. Of course, I encountered a lot of advice and information about EQ and compression while I learnt. But I know that I never began feeling truly confident in such engineering matters, never really felt I understood any of it, until I put all the pieces together, joined the dots, and worked out that these 2 subjects, and so much more, are all deeply inter-related. So, it is my ambitious aim to map out this whole territory. I present not a strictly practical tutorial, but rather a way of thinking, which I personally found led to a greater understanding, which in turn had many practical benefits. 

My central concept is that producers in the digital domain are effectively working inside a box. The starting point will be to define this box, by exploring a few fundamental concepts and limitations of digital audio. Next, I shall investigate each 'dimension' of the box in turn, covering first EQ, then compression. Finally I shall put both of them together, and in doing so, unleash the awesome power of multiband compression. 


A word of warning. I have no qualifications. I dont know the difference between dBu and dBv. I dont understand Fast Fourier Transforms. So if you want rock-solid theory and maths, you may be let down. I aim instead to explain the basic concepts, such as they are useful to the practical matter of producing dance music. Naturally, being dnbscene.com, this will relate to drumnbass, but it relates just as well to any form of dance music. Most of my experience lately has been making 4/4. In fact, it pretty much relates to any kind of music whatsoever, although you wouldnt want to treat a folk ensemble recording in the same savage fashion you can get away with in techstep. 

Anyway - enough excuses and disclaimers... Lets discover our box (no sniggering at the back please)... 

Part 2 of hipnotic's tutorial "Thinking Inside The Box", exploring a holistic way of thinking about EQ, compression and digital audio. In this part he describes how the limits of digital audio can be seen as forming a virtual box within which the producer must arrange sounds.
Part Two: The Box

To begin: Red Dwarf. 


Anyone remember Rimmer's classic speech about life being like exams? I dont remember it exactly, but the gist was this... "Some people are like an English exam, where they start at 0, and everything good they write gains them a mark. Others are like French exams, where they start at 100, and lose a mark for every mistake they make". Well, in an extremely tenuous way, thats like the difference between sound as it occurs in the real world (English exam), and digital audio (French exam). 


Let me explain. 


In the real world, what is silence? 0dB. Now, I dont know the actual numbers, and cant be bothered to research them, but bear with me here... Talking is a bit louder than silence - - 20dB maybe. Roadworks machinery, much louder than talking, may be as loud as 80dB. A jumbo jet taking off, or an enormous sound system for a stadium rock concert, may top 100dB. The louder the sound, the bigger the number. Is there a maximum? Well, I dare say there is a maximum as governed by the rules of physics, I'm not really sure. But as far as you're concerned - not really. Consider the audio as represented by waves (which is what it is, travelling through the air). The height of the wave is the amplitude (ie, loudness). Here is a "quiet" wave and a "loud" wave: 
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In the real world- if a jumbo jet is louder than a car, thats because its wave is higher. Simple. 


Digital audio is different. In this case 0db is not silence - it is intead our clear and unarguable maximum. No sound can be louder than 0db. This, then, is the "lid" of our box. You cannot make a wave taller than the box allows. Say you have a "car" sound which is so 'high' it is touching the lid of the box, and you want to add a "jet" which is louder - well, you cannot just make a wave which is taller. It simply will not fit in the box. 
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(We will look at what actually happens to such waves in the 'compression' section of this tutorial.) 


So we have our first dimension of the box, the amplitube (volume). This lid is an absolute limit we have to work within - we cannot store a wave any louder than 0db. The width of the box is simple. Presuming that you arent producing in 5.1 surround, of course, the width is the stereo field - one side of the box being fully left, one side of the box being fully right. Again, an absolute limit - you cant go more left than having no signal in the right whatsoever. 


That leaves us with the third dimension of the box, which is frequency. Now if you really have no idea of what frequency is, we could be in trouble. Try googling, this article would turn into a novel if I set about explaining things like that. Once again, we are met with absolute limits. These are dictated by our digital audio settings-- if we are sampling at 44.1khz (CD quality), then by the Nyquist theory we can store no higher frequency than 22.05khz. In practice, with filtering, it works out at around 20k. If you dont know what the Nyquist theory is, try Google - tons of good info out there - but it doesnt really matter. Because human hearing runs out by about 20k anyway, so we'll take that as our upper limit. 


The lower limit is, mathematically speaking, whatever the smallest number above 0 you can store (0.0000001 or whatever). Again, in practice this is irrelevant since below 10hz we are seriously sub-audible. General human hearing has pretty much lost it by 20hz, so we'll take that as our lower limit. 


So, now we have our box - a three-dimensional enclosed space with fixed limits. Lets take a look at it: 
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(The quick-witted may have noticed that this box does not account for time. No, these three dimensions exist for every individual 'slice' or moment of your track within time, the contents of the box changing constantly as time passes. However, you've probably already noticed that my graphic design skills are extremely weak, so I think I'd be pushing my luck to try and draw a four dimensional box... For simplicity's sake, further diagrams will reduce thingsto whichever two dimensions we need at that time...) 



As a producer, your track will have to fit entirely within this box. Thus, not only will each individual sound also have to fit within the box, but all the sounds put together must all fit within the box. This is important. In fact, this whole paragraph is important. Read it twice. You need to imagine this virtual box of digital audio as a physical box. Say, a shoebox. As you produce, imagine your sounds as objects being placed inside that box. There is only room for so many of them. What shape they each are will determine how nicely you can pack the box. Whether or not some of them are fragile and important may effect how you arrange the various objects together (placing a china vase on top of the t-shirt, not underneath the breeze block). 


Imagine the act of finishing your track and playing it to others as gift-wrapping the box and handing it to the person as a present. If the box is nearly empty, they're unlikely to be as impressed as if it is packed jam-full of goodies. And they'll be very disappointed if they open it and discover the china vase has been smashed to pieces. 


Now at this point, I wouldnt blame you for seeing this crazy metaphor and thinking I have lost the plot altogether. However, bear with me as things should start making a bit more sense as I take this metaphor and demonstrate it within more practical terms. First up let me explain the previous paragraph. 

· The 'fullness' of the box is equivalent to the overall volume of your track. And do not merely mean volume, in a simple objective way, but the overall feeling of "fatness", "weight" and "punch". Also, this is the 'fullness' of the box in every dimension - its no good filling it to the top, but only in one corner, or filling it end to end, but only occupying half the depth. If you're a new(ish) producer, you have probably noticed that when you play your own track followed directly by, say, Stakka and Skynet, yours is simply quieter, and certainly not as fat. That is because Stakka and Skynet (and their mastering engineers) have managed to cram the box fuller than you did. 

· The china vase relates to the next problem. Anyone, in crude terms, can jam a helluva lot of stuff into a box, but can they do it without breaking it? Imagine the china vase as your central melody. This is crucial (this is the best and most expensive part of your 'present' to your friend). Unfortunately, you put a breeze block on top of, (totally obscured it with a large, but not valuable or important sound), and smashed it (your central melody is no longer properly audible). Just as your friend would be disappointed with a smashed gift, so they would be unimpressed by a track whose central melody was inaudible.


OK. Hopefully we have a rough idea of the box we're working within. There are three dimensions: stereo width, frequency and dynamics. I'll take a quick peek at stereo issues at the end, but first lets look at the practical matter of how EQ and Compression are our two best tools to help us pack that box really nicely. This is because EQ is the fundamental tool for working with frequency response (your sounds' behaviour on the axis of frequency) and compression is the fundamental tool for working with dynamics (your sounds' behaviour on the axis of amplitude). First up is EQ...

Part Three: EQ: Thinking Visually

Part 3 of hipnotic's tutorial "Thinking Inside The Box", exploring a holistic way of thinking about EQ, compression and digital audio. In this part, he explains how thinking of EQ in visual terms may help.

The splodge


The simplest way of explaining frequency is that it is the technical term for pitch. The "A" above middle C (or is it below, I can never remember), for example, is 440hz. However, the first key point to establish is that sounds, in practical terms, do not have 'a' frequency, they span a whole range of frequencies. Any instrument will produce not just 440hz but a wide range of frequencies at various different volumes, with our overall impression of their 'sound' reflecting this complex output. How do we tell the difference between a violin playing an A and a trumpet playing an A? By their 'timbre', or the overall quality and properties of the sound. Mathematically, this equates to the overall 'shape' of the frequencies produced. Not making any sense? Check these diagrams. 
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Sine Wave (A) 
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Piano (A) 



(Again, I should point out that my diagrams do not purport to be accurate, although they are loosely based on actual spectral analysis.) 


As you can see, whilst a pure sine wave produces only the given frequency, the piano playing the same note produces practically every frequency. 440hz is still the loudest point, which is why we still hear the note as an A, but the sound is not a "line" or "point" on our graph, it is a "splodge". This is important. What is also important is that many splodges are far wider than you realise. 

An array of splodges


Time now to reveal a great secret, a killer killer tip which will revolutionise how you produce and make you successful overnight. Dream on! There is no such thing. On the other hand, this idea works for me, and it may just be some help to you. Here goes: when producing, and especially when mixing, constantly visualise the elements of your track as various different coloured splodges on the same graph. Remember - all your sounds are fitting in the same box. You only have one frequency spectrum to fill (or otherwise) with noises. Remembering that I have already apologised for my abysmally lazy graphic design disasters, lets take a look at what a hypothetical drumnbass track might look like in this kind of visualisation - in this case, a simple but well-produced effort: 
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Bear in mind that this is greatly simplified, but hopefully you get the idea. Now, for the first important point based on this. The powerful, punchy, LOUD professional-sounding dance track fills the box in all dimensions, including frequency. This means that, as in my diagram above, some splodges are coming up to pretty much max volume (0db) all the way from end to end of the spectrum. It also means, crucially, that no holes are left along the way. Lets take a look at what the same simple track, but rather badly produced, might look like: 
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What are the problem we can identify here? There are many, lets work across from left to right. 

· There are no subs (the track will feel bass-light, not heavy, 'deep' or 'warm' enough). 

· The bassline is too thin. It does not extend far enough to the right - meaning it lacks power in the treble regions. This will equate to a lack of 
'presence' or 'bite'. 

· The kick is too wide, and overpowers the bassline by sitting in practically the same place. 

· The pad extends too far left, interfering with the kick drum (this will equate to muddiness). 

· There is a 'hole' between the lower elements and the mid/upper elements (in this case, shown between the bassline and snare). Such holes will sound 
pretty much exactly that - a hole or gap in your track. Your mix will feel incomplete, and lack power and fatness. 

· The snare is too thin. It contains only mid/upper-mid/treble frequencies, and no lower-mid freqencies at all. This will equate to a weak, 'tinny' snare. 

· The synths are also too thin, leaving another small hole in the response. 

· The hats and cymbals tail off too early, leaving a lack of anything at the very far right of the spectrum. This will equate to a lack of 'sparkle' or 'air' in your track, or in extreme cases, a mix that sounds flat and dull, like it is coming from under a pillow.


Phew! See how useful this stuff is? Hopefully so. Well, by now you are probably itching to learn how it is that EQ plugins (or indeed outboard) will magically allow you to fix all this. But the truth is that EQ plugins are not what fixes it - what really helps you out is thinking this way. All the time. Every time you add a new sound, think of these graphs. When you mix, think of these graphs as you tweak every channel...

Part Four: EQ: Practical Applications 1: Adding and Layering Sounds

Layering sounds


To prove it, I shall now illustrate how thinking in this fashion can help fix the badly made track described above, within even touching an EQ plugin. Lets take the snare. How would you describe the timbre of the ideal drumnbass snare? Well, its got to be hard, its got to be smacking. Remembering that timbre equates to the shape of our splodge, this our first clue as towards what shape splodge we're looking for. Given that a sound will generally sound bigger and louder whenever any one of its dimensions inside the box is increased, we will need a fairly wide splodge, covering a large range of frequencies, on order to produce a sound which will really smack the listeners head up. The ideal snare should have a crispness or 'snap' to it - this translates to healthy response in the upper-mid regions, and it should also have some 'weight' or 'beef' to its 'thunk' - this equates to a healthy response in the lower-mid regions. 


Now, I dont want to go overboard giving out actual frequencies, because I fear people may take them as magically 'true' values, when the truth is that every sound must be evaluated individually within the context of each unique track. But to give you a general idea of what I'm talking about, I find the 'thunk' is usually around 200-400hz. I usually get a good 'crack' around 2-3khz, whereas general sparkle and crispness can be found all the way up to 7-8khz. I repeat: your mileage may vary. 


Lets look at our weak, tinny snare: 
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Imagine that the producer of this not-very-good track is not just smoking crack. This isnt an awful, awful snare sample. In fact, lets imagine its quite good. It has a rather decent 'snap' to it. It is just too thin and tinny, lacking any weight. In the real world, this is entirely unsurprising. Very few samples will be sufficiently 'larger than life' to become our 'dream snare' in one go. Instead, we look out for another snare which is the opposite of the one we have. A snare which may lack all the good points of our first selection - but that doesnt matter - our first selection has them locked down. What matters is that our second snare succeeds where the first fails. In this case, provides a nice beefy lower thunk. Add the two together, and we are in business: 
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In practice, it may require more than two samples, but that is the general idea. Adding multiple sounds together can produce a 'fatter' result than a single sound, and is best done by choosing different sounds which omplement each other, each possessing desirable characterics in different regions of the frequency spectrum. 


Now we shall look at some of the possible problems that come from layering sounds together. 

Adding sounds together


A common mistake made by beginners is to try and gain more 'fatness' by layering the same sound on top of itself, or layering sounds which are rather ssimilar. This is nothing but trouble- it will not make your sound any louder in the ear of the listener, it may cause phasing problems, and it will waste your headroom. Lets see why this is. 


Remember I said it was important that most splodges are wider than you might imagine? To see why this matters, we go back to the box. Your sounds are physical objects being placed into a physical box, and there is only so much room for them. This analogy can be carried further, for there is only so much room at each given point in the box for objects to be placed on top of each other, before the stack becomes too high for the lid. Its almost like Tetris...! Imagine you have laid this arrangement of bricks in your box, and you have another arrangement of bricks next to the box which you want to put into the box in the same formation. 
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In the box
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Due to be put in the box




When you add them together, this happens: 
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If our box were only tall enough to accomadate a stack of two bricks in height, we would have problems, since we now have a stack that is three bricks high. We cannot fit the lid on. It is the same with digital audio. Just as we found a "peak" was created when we tried to fill the same spot in our box with bricks from two different piles, so we will find sounds add together and create a "peak" when you try to fill the same spot along the frequency scale, with content from two different sounds. There are however two key differences. First, we of course do not really have discrete bricks, we just have continuous splodges. Second, it is not possible to simply "leave the lid off". The lid is absolute. So, what effectively happens instead is that your highest stack of bricks becomes 0db, and everything else becomes proportionately quieter. This is quite important: an EQ (frequency) issue turns out to impact on the dynamics (volume) of the track! I told you everything was closely inter-related. Now, since everyone wants their track to be nice and loud (right?), we'll investigate this 'adding together' problem imminently... 


First, however, I should make absolutely clear than sounds "adding to each other" in this fashion is entirely natural. Do not get over-paranoid about separation, and attempt to viciously restrict your splodges from ever overlapping with each other altogether. My splodges in the "well produced" track were badly airbrushed together for a reason - overlap, in itself, is normal. It is only sometimes problematic. 


In the next part we shall investigate some scenarios where unwanted or unnecessary frequency content causes problems, and how EQ can help.

Part Five: EQ: Practical Applications 2: Subtracting sounds

Cutting out problems



Take, for example, the pad in the badly-produced tune. Here, we had a problem because the pad was extending too far into the low frequencies, and causing muddiness amongst the bassline and kick. Step back and think about your sounds, and what areas of the spectrum they actually 'need' to be in. Does the pad have any business kicking off around 70hz? What purpose is the pad serving? Atmosphere - which is for the ears, not the chest. It is supposed to be lightness and floaty. Clearly, then, it has no business kicking off around 70hz. And since its low-frequency content is causing problems with our kick and bassline (which have every right to be kicking off in this territory), its got to go. 



Now imagine our splodge as a block of clay. What we need to do is somehow "sculpt" away at our splodge, carving out all, or at least most, of the stuff on the extreme left-hand side of it. EQ is our basic tool for doing this. Its worth pointing out here that filters are an equally valid tool, just more 'overt' and with an obvious 'character' to them. Consider filters to be akin to taking a knife to your splodge, and slicing a piece off it. In dance music, this is not necessarily a bad thing, and so I regularly use filters for EQing tasks. EQ is for subtler shaping - consider it akin to carefully and smoothly rubbing away clay with your fingers. The easiest way to learn EQs is with graphic EQs, since here you can literally draw the kind of shape you want to apply to your sound. Remember the line of your graphic EQ response is what will happen to what you already have. It is not the shape which you will get. Consider: 
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Pad response 

+
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EQ curve applied 

=
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Pad results 


Now you see the pad's splodge tailing off nicely in the low end, leaving a gap for our bassline and kick to cut through unchallenged. In our hypothetical example, the pad was actually causing an audible problem with the kick. However, this task is well worth doing anyway - even if it isnt! Remembering our piles of bricks, any low frequency content in the pad (or anything else) would only add onto the heavy presence of those same frequencies provided by the kick and bassline. This would create an overall peak in our volume response, and as we have establised, the pad has no need for these frequencies, therefore there is no need for this peak to occur. Rather, the peak only serves to force the rest of our track to be quieter. 



There is a phrase for this: wasting headroom. The concept of headroom is a very simple one - its the amount of space between your loudest point (ie, the tallest point of your track's overall splodge, as formed by adding all your splodges together) and 'the lid' of the box, 0db. As I've tried to emphasise, this is a finite limit, and all the sounds you use contribute towards reaching this limit. Therefore, any frequencies in any sound whatsoever which do not need to be there are simply wasting headroom, and in doing so, making your track quieter than it needs to be. 
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Before Pad Low-Cut 
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After Pad Low-Cut 



In practice, this factor is especially relevant to the sub-bass and bass region. It is incredible how much low-frequency energy some sounds have, even the types of sounds you would not expect to. Many times I have cleaned up a hi-hats place in the mix after discovering a low-cut at 200hz was removing a lot of low-end garbage from the hi-hat. Anything you record from a mic, even if you engage low-cuts on the microphone and/or preamp, will still almost certainly contain some rumble or other garbage below 100hz. Many pads and atmospherics from sample CDs or synth presets also have far more low-frequency depth than is actually appropriate for inclusion within a drumnbass mix, because they are designed to sound impressive on their own (to make you buy tthem!) 



I have explained why this is a problem. All the low frequency 'garbage' in these other sounds gets added to the low-frequency content of the kick and bassline, thus increasing the combined volume in the low-frequency region, and eating up headroom (your limited space before 'the lid' of 0db). It should be pointed out that (a) this is only such a problem because we are making drumnbass, and (b), we can only fix it the way we do, because this is drumnbass. Drumnbass, as the very name suggests, contains a very large of amount of bass. Your bassline needs to be massive. This really doesnt leave room for anything else to occupy its territory. Going back to the box- if you have to put a brick at the left-hand (low frequency) end of the box, which will totally fill that end of the box, then you simply must squeeze everything else up into the other end of the box. In audio terms, this is our low-cut filter or EQ, as described on the pad above. When making drumnbass it is often a good idea to ritualistically low-cut any sound which does not need low frequencies, just to make sure you have the maximum space available for your bassline. 



If you were recording a folk ensemble, you would not have an enormous bassline dominating that end of the spectrum, and there would be room for the sub-100hz resonances of the guitars, violins, vocals and percussion to be preserved. Indeed, as per point (b), were you to ritualistically cut them all you would end up with a very badly produced folk record indeed. Deprived of their low-end harmonics, all the instruments would sound rather thin and cold. It is only because you are filling that region up with a huge bassline that you can get away with it in drumnbass, and even then, this caution still applies. Go to far, and you may make your sounds rather thin. This is part of the judgement call involved in that word "need". Sometimes sounds need their low-end left in, otherwise they start sounding stupid. Remember - use your ears! 



In any case, this low-cut behaviour is only one particular example of the technique of subtractive EQ. I have drawn special attention to it since it is something which crops up rather regularly given our particular subject matter: bass-heavy dance music. But the general technique of removing or reducing unwanted or unimportant parts of a sound's splodge is one that can (should?) be used across the spectrum, and ultimately your ears will always have to provide the final judgement. 

Part Six: EQ: Practical Applications 3: Mixing and making it fit

Our array of splodges


Cast your mind back to our vision of a track as an array of different coloured splodges on our graph. Let us imagine a beginner producing struggling to achieve a decent mixdown on a tune. I'm sure we've all been there - I know I suffer this problem regularly. A sound is far too quiet, you can hardly hear it... So you turn it up... and five minutes later, it is far too loud and you can hardly here something else! You keep tweaking, but somehow or other, you can never get the mix you want - which is for each sound to be quite clearly audible simultaneously. Instead, the elements just fight each other, refusing to gel together. For the sake of clarity, let us forget about all elements of the track except the three which are giving our hypothetical producer a headache: a pad (blue) and two synth parts (grey and yellow. And yes, that's how I spell grey, thank you very much!). This is how they currently look: 
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When depicted visually like this, it becomes quite clear what the problem is. The three elements are all fighting for domination of a single small area in the frequency spectrum. By doing so, none of them is clearly audible, with the added disaster of a large amplitude peak being created (wasting headroom). Although, as I have said, a degree of overlap is entirely normal, ultimately there is not room for all three to occupy the same spot like this. 



What can we do about it? Well, the first obvious step is to separate the two synths. They need to be next to each other, not on top of each other. Since the yellow one is already somewhat lower than the grey one, it makes sense to attempt to pull the yellow one left a bit, and push the grey one right a bit. To achieve this we may allow more low-frequencies through on the yellow one (by lowering a hi-pass filter cutoff, or reducing any low-cut EQ we have, for example), whilst sculpting away some frequencies from the yellow synths upper end (with our subtractive EQ, as on the previous page). For the grey synth, we do the reverse: roll off more of its low-end, whilst allowing more upper frequencies to come through (if applicable). In addition, we can reduce the strength of the pad in the frequencies occupied by both the synths, with an EQ notch or two. The pad will still be full strength around them, so we wont notice a significant change in its timbre - at any rate, it is a background element, so we can afford to twist it around a bit in order to fit the mix rather more than we could if it were a lead element. 



Having made these changes, lets look at our visualisation of splodges. 
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As you can see, everything now fits perfectly. The bad news is that this scenario is entirely fictional. Unless you are an incredibly talented and experienced engineer with a wide range of awesome EQ tools at your disposal, your chances of using EQ shaping to take a track where three sounds are seriously clashing in frequencies, and magically making it all lovely, are in practice very slim. But whilst this example was deliberately exaggerated, and EQ alone wont fix a royally fucked-up track, EQ certainly can help to improves matters when used in this way. 

Thinking EQ, not using it


Fortunately there are many other options available to us, options which once again lead me to remind you of the overall importance of this article... That is, not that you should become a ninja EQ master who wields ninja EQ and compression skills at every stage of the game - but rather that you should simply think in these terms, and by doing so, perhaps save yourself from even needing them at all... 



The problem encountered above, of the two clashing synth parts, is something that we often run across in my live drumnbass band keiretsu. With 10 musicians on stage, we must be very aware of ourselves, to avoid our tracks becoming so cluttered that important parts are masked by other, clashing, parts. Obviously we do not have the luxury of being able to tweak a graphic eq over each and every sound we produce on stage! Therefore we instead use a variety of 'musical' means of fixing these EQ clashes. Some of the most important include: 

· Change the octave of one part. Take one of the two clashing parts and simply drop or raise it by an octave. 

· Change the instrument of one part. If a violin clashes with an ebow 
guitar, perhaps a tenor sax will not? Clashing is a matter of timbre - the 
guitar and violin are both stringed instruments, both legato, both in a similar register. A sax has a totally different timbre, and a tenor instrument would likely also be in a different register. In dnb production terms, this might equate to flipping patches, loading up a different preset or softsynth to play one riff. 

· Restructure the song so the two parts do not happen simultaneously. 
Various further options become available here. You might have one riff play for a 16-bar phrase, before stopping and letting the 'focus' be taken by the other riff. You might alternate between riffs quickly, every bar or so, perhaps even breaking the riffs up, to form a question-and-answer motif (Isotone did this to some of my synths in our track "Aircell", for example). Or you might even put them in totally different parts of the track - one synth line after the first drop, a different one after the second drop, or whatever.



If these and EQ still leave your mix unsatisfactory, there are a fewother technical routes to try and help with clashing sounds: 

· Reverb, to push one sound further "backwards" 

· Panning - put one left, one right, or one central+fixed, one 
wide+autopanning, or whatever. 

· Turn one of them down - simple as (but not, really, honestly, a fix.)


If you get this far, and you still cant sort the mix out, it may be time for the bottom line. The bottom line is this: if sounds are inexorably clashing, you'll have to ditch one of them. Just get rid of it. Don't fret about it - just set the riff and/or synth settings/sample/etc aside, and use it as a head start on your next track! There's a point where some sounds just wont combine, and any amount of work is only going to dig yourself deeper. 

Subtractive EQ: Cut Not Boost



You may have noticed we have only been talking about subtractive EQ (that is, sculpting away portions of sound), and not additive EQ. I'm sure you are all already aware that pretty much every EQ under the sun allows you to boost as well as cut, so why have I not discussed that? Because, as a general principle, it is better to cut than boost. I shall explain why with another of my legendarily tortuous metaphors. Remember how subtractive EQ was like scraping clay away from your physical splodge of sound? Well therefore additive EQ is like taking a blob of clay from your stash and wacking it onto your 'sculpture'. Follow this metaphor through and you begin to see why it is a bad idea. A clay sculpture of, say, a person's head, which was made from a cast of their head, will in theory be an exact (or pretty damn close) version of their head. If you take a load of extra clay, and try and add it bit by bit into the head, to try and end up with the same head, only twice as large overall... how well would you do? Not very well. Before very long you'd be lucky if the head even looked like a head, let alone recognisably like the person it was cast from. So it is with EQ - when adding, the effect unit has to effectively create 'new' signal where there was none originally, and this degrades the quality of the signal. Its the same reason you can cut a piece of paper smaller but you can't cut it larger. Sort of. 



Did that make any sense? I hope so... Anyway... of course, this isnt to say additive EQ is wrong. Especially not in drumnbass where there are no rules! You could use extreme additive EQ as a heavy sound-munging tool, for example. It also comes in handy, where, for example, your snare has the snap you want, just not quite enough of it. A nice 2db boost at the sweet spot is a lot easier than adding a whole new layer. 



Where additive EQ is definitely discouraged is in situations where subtractive EQ provides an equally worthy alternative. For example, if you have two overlapping sounds, and you want sound A to be more dominant than sound B, you could boost those parts of sound A being obscured by part B. Far better, though, to cut those parts of sound B which are obscuring A. Aside from my bizarre metaphorical explanation above, there is one simple reason why this better: headroom, again. Yes, any time you make something louder with your EQ, thats eating into your total headroom, which will ultimately only serve to make your finished track all the quieter. If you can achieve the same result (A dominates B) by removing something from B, then you are not eating up any more headroom, rather you are keeping it available. 

Where boosting helps


Here's a tip from keiretsu's live engineer, Henry. 

· "How do you get the drumkit to sound good?" 

· "Well, I make it sound as bad as I possibly can, then I do the opposite".



On first read, its funny, but on closer inspection, it is extremely sound advice. You see, the human ear is a helluva lot better than hearing things which are there than it is at hearing things which are not there. Drumkit toms, being as they are (a) tuned and (b) beaten hard with a mic millimetres from the surface, are notorious for resonating and causing ringing and feedback. Part of the solution is a sharp EQ notch at the resonant frequency - however, when placing a cut on the EQ and then scrolling the frequency, it is sometimes hard to pick out exactly where you need to be. What is a lot easier is adding a huge boost, and then sweeping the frequency. Sooner or later, all hell will break loose, the drumkit will sound utterly atrocious, the mics will be feeding back like there is no tomorrow - and you know you've hit it. Just flip the boost to a cut and you're sorted. 



The same technique can be very helpful when producing. If there is something "annoying" about a sound, it is usually quite hard to work out exactly what annoys you about it, let alone what frequency band this annoyance is emanating from. However, if you add a huge EQ boost, then scroll the frequency, you will often stumble on something very annoying indeed. Its kinda like zooming in on a picture to better spot flaws in the details, I suppose. 


This is as much as I shall cover on EQ for now. First, it is time to cover the basics of compression, and having done so, we will be in a position to start putting the two together, with a brief look at the powers of multiband compression.

