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electric bass, Volume regulates the VB-1 volume and the 

Damper switch controls the length of time the string 

vibrates after being plucked. You can adjust the pick-up 
position and, by dragging the 'mic' left or right, you can 
change the tone. Position ing it towards the bridge 

produces a hollow sound that emphasises the upper 

harmonics of the plucked string and, when it's placed 
towards the neck position, the tone is fuller and warmer. 
Pick position determines where along the length of the 

string the ini tial pluck is made and controls the 

'roundness' of the tone, just like on a real guitar. Wave 
Morph selects the basic waveform used to drive the 

plucked string model, but be aware that this parameter 
can drastically change the sound character. The sounds 
from the VB-1 aren't all that great and you'll probably be 
better off using bass sounds from something like Neon. 
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VST Instruments and effects 

With each VST instrument you activate, an extra 
Channel strip will automatically appear on your VST 
Channel Mixer, offering you control over volume, pan, 
additional effects, EQ and so on. VST Instruments can 
be a convenient and economical way of adding high­
quality sounds to your recordings providing that you've 
at least got an external keyboard connected to your Mac 
to trigger them. If you are planning to use VST 
Instruments with any regularity, make sure that the 
audio card you choose offers low latency. Although I 
said that VST Instruments are real processor hogs, 
these Tmcks can be easily converted to Audio Tracks, 
which puts a little less strain on your system. If speed 
and memory becomes a problem, try converting your 
VST Instrument Tracks into Audio Tracks using the 
Export Audio choice in the File menu or in the Master 
Mixer window. 

VST Effects 
VST Effects are essentially digital simulations of the 
effects that musicians have traditionally had access to 
via pedals or rack systems. Many of these Effects are 
used for live performances as well as for recording and, 
like VST Instruments, the plug-ins bundled with Cubase 
VST can save you a lot of money and hassle. Steinberg 
has improved the whole standard with the introduction 
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of VST version 2.0, which allows plug-in parameters to 
be controlled with MIDI information in more or less the 
same way as hardware effects boxes can be controlled 
via MIDI. Version 2.0 allows Effects plug-ins to receive 
MIDI from Cubase VST, which now makes it possible to 
include things like tempo-based delays as well as MIDI 
control of pitch-shifters and harmonisers. MIDI Timing 
information is also automatically provided to VST 2.0 
plug-ins that 'request it'. Cubase VST 5.0 comes with a 
completely new set of Effect plug-ins, but to ensure 
backwards compatibility with Songs created using 
previous versions of Cubase, the previous standard set 
of VST plug-ins is included as well. These are located in 
the sub-folder cleverly called 'Earlier VST Plugins' in 
your Effect menus. If you accumulate a lot of VST plug­
ins from different sources, it's always a good idea to 

move all your plug-ins to a single folder and then direct 
Cubase to use this folder. 

Several of the new VST plug-in Effects can be 
synchronised to the Song tempo in Cubase VST and 
several of the VST plug-in Effects affect the stereo 
image, particularly in panning, stereo enhancement or 
stereo ambience. However, for this to be heard, the 
output of the Effect must be routed to a stereo Channel 
or bus. Otherwise, as you'd probably expect, the output 
will be mixed to mono. So, stereo image Effects will not 
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be heard if the Effect is used as an Insert Effect for a 
mono Audio Channel. If you want to apply an Effect like 
auto-panning to a mono Audio Channel, either use a 
Send Effect or route the mono Audio Channel to a 
Group Channel and apply the Effect as an Insert Effect 
for the Group Channel. If you decide on the first 
option, you'll probably want to activate the Pre-fader 
Send switch and turn down the volume fader for the 
Audio Channel. 

I'm not going to go into great technical detail with 
these bundled plug-in Effects because the best way to 
find out what they can do is to have a play with them. 
To decide what, if any, Effects will enhance your 
particular recording, you need to hear how the Effect 
alters your recording. In addition to these fairly 
common Effects, you can also get VST plug-ins for pitch 
correction, noise removal, creative distortion, spectral 
enhancement, vocoding and more. However, as a quick 
reference, here's a brief run-down of the main new 
Effects included in Cubase VST 5.0. 

Chorus 
The Chorus plug-in adds a short delay to the signal and 
pitch modulates the delayed signal to produce a kind of 
'doubling' effect Chorus is often a nice Effect for 
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acoustic instruments, particularly guitars and strings, or 

for rounding-out pad sounds. If you don't over do it, 

Chorus can create an illusion of movement and help 

you build a front-to-back perspective in the mix. 

However, it does de-tune your sound a bit and can get 

a bit 'samey' if the Effect is too st rong. 

DoubleDelay 
Delay is effectively an echo control, and this Effect 

provides two, separate, tempo-based delays. Cubase 
automatically provides the plug-in with the current 
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Song tempo. Along with judicious use of reverb, delay 

can be one of the most useful effens in your 
production process. Delay, perhaps even more than 

other Effects, should be applied in the mix, not 
during the actual recording. However, i t can be used 

effectively on guitars, vocals and most other 
instruments, al though you should avoid applying it to 

heavy bass sounds. 

Mod Delay 
This is another Delay where repeats can also be 
modulated. It can either be tempo-based or use freely 
specified delay-time settings. This works particularly 

well o n things like vocals, guitars and pad sounds. 
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WildFianger 
WildFlanger is a classic flanger Effect with stereo 

enhancement. Flanging is similar to the Chorus Effect 

but gives a more sweeping sound, with some elements 

o f the phaser. While flangers can be remin iscent of '80s 

MOR, this is a really cool effect and can be useful for 

'thickening' o r sweetening your mix and producing 

some funky effects with beats. It works well with a 

whole range of Instruments including bass and strings 
and this is one Effect that actually works well when 

combined w ith mher Effects. 
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Symphonic 
The Symphonic plug-in cleverly combines a stereo 
enhancer, an auro-panner synced to tempo, and a 
chorus-type Effect. This is another Effect that works 
well for fattening up your sound and creating a warmer 
vibe. It's particularly good for strings and acoustic 
Instruments and, for best results, you should apply the 
Symphonic Effect to stereo signals. Great for pad 
sounds, roo. 
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Phaser 
Unlike the classic Star Trek weapon that can be set to stun 
or kill, the Phaser plug-in produces the classic 
'swooshing' sound immortalised in stunning iconic rock 
tracks such as 'Itchycoo' Park' and Status Quo's nearly 
credible 'Pictures Of Matchstick Men'. Oust kidding about 
the 'stunning' and 'iconic', by the way ... ) Of course, this 
Effect has been used in loads of different ways by loads of 

different artists, and it works by shifting the phase of the 
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signal and adding it back to the original signal, causing 

partial cancellation of the frequency spectrum. Very good 

for pads, but if over-used it can muddy the mix. You can 

use it effectively in combination with other Effects. 

Distortion 
The Distortion plug-in is capable of producing anything 

from a soft 'crunch ' to all-out distortion. There's a 

selection of facwry pre-sets available and these pre-sets 

are not stored parameter settings but different basic 

distortion algorithms. The basic characters o f the 
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distortion pre-set 'models' are indicated by thei r 

names, and while it may not make you sound like 

Hendrix, you can get a lot of the classic rock/grunge 

guitar sounds with this. 

Overdrive 
Overdrive is a distortion-rype Effect, emulating the 

sound of a guitar amplifier. There's a selection of 

factory styles available and none of these are stored 
parameter settings ei ther, but different basic overdrive 
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algorithms. Like Disrortion, the characteristics of these 
are indicated by the style names and this one could be 

helpful if you want ro sound like j er ry Garcia. 

Chopper2 
With no resemblance whatsoever to a Harley Davidson, 
Chopper2 is a combined tremolo and autopan Effect. It 
can use differenr waveforms ro modulate the level 

(tremolo) or left/ right stereo posit ion (pan), either 

using Tempo Sync or manual modulation speed 
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settings. I t can be used to produce tremolo-style effects 

and can also produce autopan effects when set to 

stereo. Can liven up synth sounds and works well with 

the Flanger. 

Reverb 
Reverb is used to add ambience and 'space' to 

recordings and it's one of the most important and most 
commonly used effects in popular music. Works well on 
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instruments and vocals but, like all effects, it should be 
used sparingly. 

Reverb 32 (VST/32 only) 
Reverb 32 is a reverb plug-in that provides smooth, 
dense reverb effects. Even better than normal Reverb, 
this actually gives you dimensional sound and you can 
control the size and depth of the 'room'. 
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Metalizer2 
The Metalizer feeds the audio signal through a variable 

frequency filter, with Tempo Sync or time modulation 

and feedback control. This is great if you're looking for 

that Aerosmith or Black Sabbath sound. 

Tranceformer2 
Tranceformer2 is a ring modulator Effect in which the 

incoming audio is ring-modulated by an internal 

variable-frequency oscillator, producing new harmonics. 

A second oscillator can be used to modulate the 

frequency of the first oscillator, synchronised to the 

Song tempo if you wish. 
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Karlette 
The Karlene is a four-Channel delay that emulates a 

'tape-loop' echo like - if you cast your mind back far 
enough - that produced by units such as the 'CopyCat' 

in the late '60s. The four 'tape heads' can be set to a 
certain note value, o r a certain time, depending on 

whether Tempo Sync is activated or not. For each of the 
four tape heads you can set a variety of parameters, and 

it's great for simulating early Brian Eno effects. The sync 

feature is ideal for automatically adjusting delay times 
to the tempo of your Song, and it's a good general 

Effect for lead or solo instruments. 
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Grungelizer 
The Grungelizer adds noise and static to your 
recordings. It produces sounds that are akin to listening 
to a radio with bad reception - or a worn and scratched 
piece of vinyl. Great for use with beats, samples and for 
remixes, or for artificially 'ageing' a sound. It can also be 
used with other Effects to create an absolutely filthy 
guitar sound. 

Cubase dynamics 
You can radically alter the dynamic range or level of 
audio material in Cubase with the built-in Dynamic 
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Processor. Each Audio Channel has its own VST 

Dynamics section, which is opened by clicking on the 

FX button of the chosen Channel strip in the Channel 

Mixer, or by clicking the FX button in the Inspector. 

This Panel gives you access to Aura Gate, Auto Level, 

Compressor, Soft Clip and Limit processors and when 

you click on one or more of the Processor label 

buttons, the Dynamic is inserted after any regular lnsen 

Effects and before the EQ section and Channel fader. As 

soon as any of these Processors is activated, its label 
lights up and so does the DYN button in the Channel 

strip. When you 've enabled the desired Processors and 
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made your settings, you can turn Dynamics on and off 
for particular Channels from the VST Channel Mixer 
window by holding down the Command key and 
clicking the DYN button for the Channel. So, what do 
these Processors actually do? 

• Auto Gate: this is a noise gate similar to hardware 
devices found in traditional studios used for cutting 
out unwanted signals like interference, which may be 
present between sections of stuff you want 

• Auto Level: this is an automatic level control designed 
to even out signal differences in audio material and to 
boost low-level or attenuate high-level signals 
Compress: like standard audio compressors used in 
traditional studios, this converts loud parts into 
quieter parts, and quiet parts into louder parts 
Soft Clip: this is like an automatic gain control which 
you can't really adjust. It's designed to keep sounds 
within certain decibel parameters and create a 
warmer, valve amp-style sound 
Limit: these are generally used to stop an output 
signal passing above a set threshold, no matter how 
loud the input becomes - hence the term 'limiter' 

These VST Dynamics are available only for regular 
Audio Channels and won't work with Groups, ReWire 
or Instrument Channels. 
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applying effects 
Effects in Cubase are applied in three ways: 

Insert Effects: these are applied separately to each 
Channel using the Channel Insert in the VST 
Channel Mixer and are used when you want all 
sound from a particular Channel to be processed. 
You can use the same Effect a number of times in 
different Insert racks since each Audio Channel has 
its own set of independent Insert Effects 
Send Effects: these are applied separately to each 
Channel by using the Effect Sends in the VST 
Channel Mixer and are used when you want to mix 
the effect with a signal you've recorded 'dry'. You 
usually use this with reverb, chorus, delay and so on. 
Send Effects are usually mono-in/stereo-out devices 
Master Effects: these accept stereo input and are 
inserted into the master mix when you want to 

process the final stereo mix. Here's where you use 
things like noise reduction, compressors and 
limiters, or anything that will change the overall 
characteristics of your final stereo sound 

The Bypass buttons on the various Effects mentioned 
deactivate the Effect or EQ so you can hear your 
original sound. To save on processor load, switch off 
any effect you aren't using at the time. As a tip, don't be 
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tempted into bashing the Send and Return levels of the 
Send Effects full on and leaving them there. Set the 
level to around 75 to 80 per cent and adjust accordingly 
while keeping an eye on the Clip indicator, which is just 
above the On button in Cubase's Send Effects rack. 
Remember what we've said about distortion and don't 
let it clip. 

Before you use any Effect anywhere in your music, stop 
and ask yourself whether it's really necessary. Because 
Effects are easy to use, it is easy to go over the top with 
them. Obviously, different generic types of music lend 
themselves to particular Effects, which would otherwise 
be about as inappropriate as spats at an Idaho picnic. 
Remember: effects are there to create an illusion, so 
don't let them become delusions. 
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studio sessions 
part three 

'The ability to use digital audio editing tools on 
Macs gives more power to musicians. It allows 
guitar-based bands like ours to do our own 
sampling and producing.' 

-jeff Robbins, guitarist for Orbit 

By now you've begun to discover that when it 
comes to organising a recording session and 

laying down tracks in Cubase VST, there are a number 
of ways of doing the same job. Because Cubase VST is 
so packed with features and functionality, it's easy to 
become overwhelmed by the sheer potential on offer. 
However, as I've said before - and will probably say 
again- think about the style of music you're trying to 
record and the overall sound you're trying to achieve. 
Then think about how you like to work: do you like to 
adjust every possible parameter manually, or are you 
happy to automate certain tasks and features? Do you 
want to play every real instrument yourself or are you 
happy to use samples or MIDI instruments? Are you 
recording set songs with arranged parts or do you 
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want to use Cubase as part of the creative process of 
composing and arranging on the fly? How complicated 
are your arrangements and instrumentation? What are 
the limitations of your overall system - your Mac, 
audio card, external mixer, microphones and so on? 
Cubase VST is comparable to Photoshop, Quark 
XPress or any other powerful Mac application in that 
everyone uses it differently- and you should need no 
extra encouragement from Apple or anyone else to 
'think different'. 

As we've seen, it's reasonably straightforward to select 
an Audio or MIDI Track, press the Record button, and 
end up with a Track to work with. But the more you 
use Cubase, the more you will find that you want a bit 
more visual feedback to help you get a better idea of 
what's going on with your Song at each stage in the 
recording and polishing process. Depending on the 
size of your monitor, you 'II probably want to keep the 
Arrange and Inspector windows open during 
recording, and you '11 always want access to the 
Transport Bar. You may also want to keep the VST 
Channel Mixer open to monitor the level of your input 
signal. When you start recording seriously, always save 
all the files relating to your Song in the same folder. It 
will make life easier later on and you won't have to go 
searching your hard disk to find them. 
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So now you know the basics of audio and MIDI 
recording and can record Tracks into Cubase. You 
know what tools to use for basic editing functions and 
you know how to access VST Effects and Instruments. 
And you know about the internal Mixers and how you 
might begin to mix and process the Tracks you've 
recorded. So, let's get back into the virtual studio and 
look at some of these features in more detail and also 
check out some other techniques and functionality 
that might improve your creative working practice and 
help you polish that final mix. 

more of the same 
When you record on an Audio Track you can always go 
back and record more on to the same Track simply by 
moving the Left Locator to the position from which you 
want to start recording. This might be a free area, or ar 
a particular point where something has already been 
recorded and where you want to 'overdub· another 
version or a new part. When you position the Left 
Locator and record as normal, a new file is 
automatically created. MIDI Tracks, however, behave 
slightly differently when it comes to overdubbing Parts. 
With MIDI, when you record over a Parr again, what you 
end up with is determined by the setting of the 
Overdub/Replace switch on the Transport Bar. In 
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Overdub mode, your new recording is added to 

whatever was already on the track, and when you play 
back you'll hear both recordings. You can remove the 

bits you don't want later by editing them. \'qhen Replace 
is selected, whatever you record replaces whatever was 

previously there. So, you can use Overdub when you 
want to experiment with a number of different 

variations and then decide what to keep later, while if 
you've just made a mistake and want to correct it by 

laying down a new version, you can use Replace. 

MIDI Overdub and MIDI Replace 

pleased as punch 
One of the most useful tricks in any multitrack 
recording is the ability to 'punch in ' sections of a song. 
While we'd all like to be one-take wonders, the reality of 
studio recording is that more often then not, you 
simply don't get an absolutely perfect take first time. 

For example, you might get a wonder fu l vocal 
performance that has a few gli tches in the chorus. Or 

203 



basic Macworld music handbook 

maybe half of that guitar solo was brilliant, but the last 

bit was complete pants. Rather than risk a whole retake 
and, quite possibly an e\·en more inferior performance, 

you can 'punch in' a new section where the mistakes 

arc and keep the rest of the performance intacL When 

}' OU punch in, you activate Record while the Track is 
playing and replace the section you've chosen. "lb do 

this smoothly, mark the section you want to replace or 
note the timing -get the singer o r the guitar player to 

start at the beginning of the section or at least several 
bars before the glitch - then simply click the Punch In 
button on the Transport Bar and click the Punch Out 

button when you've finished. Remember, i f you're 
punching in a MIDI Track, click the Replace button on 
the Transport Bar before recording the drop in. 

Punch In button activated on the Transport Bar 

You can automate the Punch In and Out by positioning 
the Left or Right Locator at the point where you want 
the new bit dropped in. just click the Punch In button 
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and when your Song plays and reaches the Left Locator, 

Record will be activated. You can then either Punch Out 

by clicking the Punch Out button manually, or, you can 

set the Right Locator to the poim where you want 

recording to stop (activate the Punch Out bunon as 

well) and when the Song reaches that point, recording 

will swp. You can also Punch In while recording in 

Cycle mode so the Track or section will play back in a 

continuous loop until you get the part right. 

leaving a mark 
To make it easier to see which bit of a Track you may 
want to punch in or make other alterations to, you can 

define an area with a Marker Tr-ack. Marker Tr-acks give 

you more visual information and make it easier to move 

Locators and the Song Posi tion indicator in the Arrange 

window. To create a Marker Track, click the Marker 

bun on at the top of the Arrange window. 

A Marker Indicated in the Arrange window 
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Using the Pencil tool, draw a Part in the ruler. When 

you've finished, a box will appear and you can name 

the Pan. 

Type in a name for the Part or leave the default name 

for the Track. Now you've got an additional visual 

marker to help w ith your arrangement. 

You can use the Arrow, Pencil, Eraser, Scissors, Glue and 
Selection Range tools to edit your Marker Tracks and, 

generally, these Tmcks are handled just like regular 

Pans. However, Marker Tracks cannot overlap and it 's 

not possible to select an entire Marker Track, nor can 

you click and drag to select several Marker Parts. If you 

want to select several Parts on a Marker Track, you have 

206 



studio sessions part three 

to hold down the Shift key and click on the Parts one at 
a time. Or, hold down the Shift key and double-dick 
one Part and you'll select all consecutive Parts. Clicking 
on a Marker Pan with the Selection Range tool selects 
everything in the Arrange window between the stan 
and end points of the Marker Part. You can use this tool 
as a quick way to copy and move sections of an 
arrangement or drag the Marker Part to a new position. 

Folder Tracks 
A wonderful feature introduced with Cubase 4.0 is the 
Folder Track. This is a way of reducing the clutter 
associated with a large number of Tracks in the 
Arrange window, and also of simplifying use of the 
Track Mixer window. 

Folder Tracks can be used in many helpful ways, but a 
good way of grasping their potential is by considering 
how your arrangement breaks down in terms of 
sections. For example, if you are composing an 
orchestral piece, you may decide that all the various 
string sounds you are using (violins, violas, cellos and 
so on) can be regarded as a section- that is, as a single 
mixable entity. If you create a Folder Track (called, say, 
'Strings') and place all the associated Channels inside 
that Folder, then not only can you temporarily hide 
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them within the Arrange window, you can also reduce 
the number of (temporarily) visible Channels in the 
Track Mixer merely by closing the Folder. If you are 
using a lot of instruments - and under OMS it could be 
several hundred! - then the Track Mixer can be wider 
than even two 21-inch monitors can display at once. But 
it also means that, provided you have mixed the 
components of the Folder relative to one another, you 
can then close the Folder and use only the 'Strings' 
fader within the Track Mixer to control them all at once. 
This is the same as using the Group Mixer with Audio 
Tracks and offers the same convenience. 

There are times when it's useful to group instrument 
Tracks into a single Folder. For example, when you lay 
down all your drum and percussion Tracks, you could 
put all of those Tracks into a single Folder. Or, if you 
want to experiment with different takes, you could 
group them into a single Folder as well. This is also a 
good way to Solo and Mute several Tracks easily as well 
as edit and mix several Tracks as one entity. Consistent 
with all Mac applications, Cubase Folder Tracks can 
contain any type of Track, including other Folder Tracks. 

Folder Tracks are created just like any other Track. 
Simply select Create Track from the Structure menu, 
pull down the pop-up menu in the C column for the 
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newly created Track and select Folder Track. You 'II see a 
folder appear in the C-column indicating that the Track 

is a Folder Track and you can name it just like any other 
Track. You can move any type of Track into a Folder by 

using drag and drop or by using the Structure Menu. 
j ust click on a Track that you want tO move in the Track 

List and drag it into a Folder Track. Tracks inside a 

Folder can be edited as one entity by selecting a Folder 
Thick and opening an Editor. However, which Events 
are shown in the Editor depends on the classes of the 

Tracks within the Folder. With instruments grouped in 

folders, you can also pre-mix each of them and then 
have to 'master mi."<' only the Folder in the lit~ck Mixer. 

Option-Command-clicking on a single Folder within the Arrange window 
will open or close all of them at once (Above: Folders open) 
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Folders closed 

quantise 
In music, perhaps more than anything else, timing is 
everything. Without it, your whole composition and 
performance falls apart. That's why one of the most­

used features in Cubase - no matter what style or genre 

of music you play- is the Quantise function. Although 
we have looked m this function briefly in earlier 
sessions, it's definitely worth getting to know it on a 
more intimate basis. Cubase offers a number of 
different rypes of quanrise functionality but in principle, 
what quantising essentially does is shifts notes on to, or 

close ro, the division of the bar set in the Quanrise box. 
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When working with MIDI, you select the quantise type 
from the Function menu, and you 'II note that there are 
five basic quantising types. 

Over Quantize: This is the one you'll probably use 
the most since it's the Cubase equivalent of a spell­
check, or 'auto-correct'. What it does is move your 
notes to the closest quantise value without 
changing the actual length of the notes themselves. 
It also detects if your playing is consistently behind 
or ahead of the beat and will quantise your chords 
in a reasonably intelligent manner 
Note On: This is probably the least musical method 
since it uses the Note On element of notes to shift 
them to the nearest quantise value without giving 
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much thought to context. It's supposed to leave 
your original note length unchanged and 
essentially, it quantises the start positions of the 
notes just like Over Quantize. But since it doesn't 
move the end positions, in effect, the note lengths 
are adjusted slightly 
Iterative: This is a good choice if you want to clean 
up your timing but don't want an overly rigid or 
precise feel to the music. Instead of moving a note 
to the closest quantise value, this option moves it 
only part of the way, and you get to specify how far 
the notes should be moved towards the selected 
quantise value with the parameter Iterative Q: 
Strength Percentage in the MIDI Quantise 
Preferences dialogue. In the same dialogue box you 
can choose Don't Iterative Q Notes Closer Than, a 
value in 16th notes and ticks, which tells Cubase 
how far to shift notes that are not close enough to 
the quantise value. Since only notes further away 
than the specified value get moved, you can allow 
for a certain amount of 'loose' timing while still 
being able to tighten up those really dodgy notes 
Analytic: This option corrects timing glitches 
according to an intelligent analysis of your music 
based on the quantise value and the music's actual 
characteristics. You'll want to use this option with 
complex rhythms and solos 
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Groove: As the name implies, this option is used to 
create a rhythmic 'feel' or 'groove' rather than 
simply correcting errors. What it does is compare 
your music with a 'groove' pattern and then moves 
notes so that their timing matches that particular 
groove. You can create your own rhythmic 
templates or Groove Maps or you can use the 
selection of grooves included in Cubase VST 

In addition to these five quantising types, Match Q is a 
special function found in the Arrange window Toolbox 
designed to impose timing and an overall 'feel' on a 
particular Part. It also works when dragging an Audio 
Part onto a MIDI part 

The three quantising types you'll probably use most in 
Cubase are Over Quantize, Iterative Quantize and 
Groove Quantize. With MIDI parts, quantise affects only 
the notes and leaves other kinds of MIDI messages 
unchanged. Apart from Iterative, your original notes will 
always be used for calculating any subsequent quantising 
since none of your MIDI data is changed permanently. 

To quantise audio, you're better off working in the 
Audio Editor rather than trying to do it in the Arrange 
window. Also, you can use only Over Quantize and 
Groove Quantize for most audio work, although Match 
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Quantize can be used to push the timing of audio 
material onto MIDI data and vice versa. 

quantise value 
You can decide how accurately - or roughly - to 

quanrise you tracks by setting a value in the pop-up 
menu in the Status Bar of the Arrange window. 

Quantize Value menu 

If you select Off, obviously no quantising will take place. 
The number in the column below the Off option selects 
basic note values ranging from 1 (or a whole note) to 128 

(or a U,.th note). To put it as simply as possible, the larger 
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the number you choose, r.he more accurately Cubase will 

quantise your notes and the grid that it will quantise to 

will be that much finer. If you choose a large number, 

Cubase will quantise to a large grid and the match will be 
less precise. If you drag the mouse to une ufthe columns 

on the right, you can add a 'T', which will result in a 

Thplet, or, if you select a '.', the result is dotted. 

Generally, you'll want to set the Tuplet value to 3 so 

you'll be able to use triplets for quantise values. Okay, 

that 's great if you understand music theory and 

notation, but if you don't, just think of the value menu 

as a graduated control and experiment with the sounds 

that you get using d ifferent settings. 

So how do you know i f you've used the right quantise 

option? Simply listen to the result. Is it rhe sound you 
wanted? I f it is, then you've made the right choice. If 

nor, i t 's easy enough to go back and try some of the 

o ther options. 
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multitrack recording 
Among all of the cool features of Cubase, there's a 
function called Multirecord that can seem like a bit of a 
mystery to dedicated non-manual readers. Although 
I've been wid that this is a popular subject in Steinberg 
Technical Support, you can get your head around this 
in a few easy steps and there probably are occasions 
when using Multirecord will make your recording life a 
lot easier. 

So, what can you do with Multirecord? Well, to begin 
with, Multirecord enables you to record a band, or 
number of players, all at the same time and still have 
their performances appear on one Track each. This can 
be particularly useful if the Audio Channels you are 
about to record on are not directly related, but you still 
want to record them at the same time. If you have a 
keyboard or other MIDI Controller that can transmit on 
several MIDI Channels, Multirecord enables you to 
record different MIDI Channels on to different Tracks. 
Multirecord also enables you to 'layer' several MIDI 
sounds and record them on one Track each. 

To set up Multirecord, go to the Options menu and 
select Audio Setup and then System. This will launch 
the Audio Setup window. Make sure that you have the 
correct card and driver selected, then close the window. 
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Go ro the Panel pull-down menu and select YST Inputs. 
At this point, you'll see a list of the inputs that your 

audio card is capable of activating. The only thing that 

might throw you off here is that everything is listed in 

stereo pairs. Example: Channel 1 = IN 1 L, Channel 2 = 
IN 1 R. This can get extremely confusing, so what you 

can do to combat the confusion is rename the inputs as 

simply Input 1, Input 2 and so forth. Now you can set 

up the Multirecord. Go to the Options menu and select 

Multirecord. Basically, what you want ro do in this case 

is make sure that Multirecord is set to both 'Active' and 
'Merge'. This will ensure that not only will you be able 

to Multirecord, but also that everything recorded will 

be recorded to its own Ti-ack. 
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Routing the Audio is the next step. You will notice when 

the Audio 1 Track is selected, the Input that is selected 
on the far left is Input 1. Audio 2 will be Input 2. When 

you get to Audio 3, or further, you will notice that the 
input that is selected for that Audio Track is Input 1 

again. This obviously will not do. So, all you need to do 

is select a new input for Audio 3. This is done by 

holding down the Command key and selecting a new 

input. For example, Audio 3 should be set to Input 3, 
and Audio 4 should be set to Input 4. You will want to 

repeat this until all eight of your Audio Tracks have their 

own selected Audio Input. 

Now the setting-up is complete. In order to start 

multirecording your audio, just 'Enable' the Audio 

218 



studio sessions part three 

Tracks that you want to record onto and you are ready 
to go. As you can see, multirecording is easy to 
accomplish with just a few quick set-up steps. 

samplers 
Ever since the the Musicians' Union at the BBC 
complained about the use of 'synthetic orchestras' 
when the Mellotron first came into use in the '60s, the 
use of virtual orchestration has been gaining in 
popularity and realism. When the Fairlight CMI brought 
digital sampling to the musical world in the early '80s, it 
brought unprecedented capabilities that are now 
commonplace. While an increasing amount of 
contemporary music relies heavily on sampling, 
producers and audiophiles seem to delight in 
maintaining a barrier of mystique around a process 
that, conceptually at least, is really very simple. 

A sampler is essentially like a synthesiser into which you 
can record your own sounds to use as raw material 
rather than relying on a set of factory samples or 
waveforms. Unlike the permanent ROM-based sounds 
in synths, samplers store everything in RAM memory, so 
when you turn your machine off, you lose all your 
sounds. Obviously, some form of larger permanent 
sound storage facility like a hard drive or a removable 
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drive such as a Zip or jaz drive is essential. Otherwise, 
you'd have to sample a new sound every time you 
switched on, which can be extremely frustrating and 
tedious. ~osr samplers come with a built-in floppy 
drive, but you can be sure that this will be far too small 
for most serious sampling work. Unfortunately, the 
most common samplers also have their own floppy disk 
format, so you can 'r duplicate these floppies in your 
Mac's floppy drive - if you still have one - or transfer 
your samples directly to your computer's hard drive. 

When semi-affordable samplers first came onto the 
scene in the late '80s, everyone went around smashing 
bottles, hitting pans, recording the dog and doing all 
sorts of other wacky things to come up with new 
musical sounds. With a sampler, often even the most 
mundane sound can be transformed into something 
musically useable by shifting it out of its usual pitch 
range. To make these sounds play back as chords, the 
sampler needs to work polyphonically in the same way 
as a synthesiser and, just as on any synth, there's a limit 
to the polyphony. 

After the novelty of sampling the dog barking or cousin 
Clerus burping, most serious musicians figured out that 
if they could sample individual notes from instruments, 
they could also, given enough RAM, sample entire 
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musical phrases, or whole bars of drum rhythms. That's 
partly why sampling whole chunks of music is the 
cornerstone of modern dance music, which is generally 
built up from a series of drum loops. The term 'loop' 
here simply refers to a sampled section that can be 
repeated to form a continuous piece of music. 
However, you wouldn't normally loop this in the 
sampler- you'd trigger it once a bar. 

Using samples with Cubase can really enhance your 
final outcome. But, as with so many things to do with 
digital recording be aware that working with samples 
always requires more memory than you'd imagine and, 
more often then not, always needs more than you have. 
The figure to keep in mind is that a mono sample 
lasting one minute will require about five megs of RAM 
at the CD sample rate of 44.1kHz. A minute may seem 
like a long time, buc recording stereo samples will halve 
the available time. What's more, if you use the sampler 
multi-timbrelly, the memory will have to hold several 
sounds at the same time, which further reduces the 
length of individual sounds. As if that wasn't bad 
enough, some instruments have to be sampled every 
few semitones in order to create a set of samples that 
sounds convincing over the entire keyboard range and, 
again, this takes memory. The good news is that RAM is 
now relatively cheap and most modern samplers let you 
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add regular computer RAM rather than expensive 
proprietary memory boards. So even if you're working 
on a tight budget, it's worth filling your sampler to 
capacity as soon as possible. 

The process of sampling isn't difficult, but it can be 
incredibly time-consuming, especially where multi­
sampling or looping is required. Loads of high-quality 
instrument sounds are available from sample libraries 
provided by companies such as Time & Space. 
Although sample CDs and CD-ROMs can be expensive, 
they relieve you of an enormous amount of work. And 
when it comes to orchestral sounds, for example, few 
struggling musicians would have the resources to 
create these for themselves, let alone hire in an 
orchestra. CD-ROMs do all the looping and 
keygrouping work for you, while CDs contain audio 
samples alone, which you still have to loop and 
organise into keygroups - so I'd strongly recommend 
that anyone without a CD-ROM drive gets one as soon 
as possible. Most library CD-ROMs are supplied in a 
format suitable for Akai samplers, but current Roland 
and Emu models will usually read each other's formats 
without too much trouble. 

If you get into using a sampler, you will discover that 
most sounds can become quite unnatural when 
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transposed too far from their original pitch. Although . 
this can sometimes be a creative advantage, in most 
instances you probably want an instrument to sound as 
realistic as possible, especially pianos and orchestral 
instruments. The only way to maintain a natural sound 
is co take several samples of the instrument at different 
pitches, then use each sample over only a limited part 
of the keyboard. Ideally, you'd take a fresh sample every 
semitone, but that gobbles up loads of memory and 
takes forever. In practice, using the same sample over a 
range of three or four semitones is generally accurate 
enough even for the most critical instruments, and 
often you can get away with far fewer samples. Pianos 
are very critical, but things like bowed strings and wind 
instruments are more forgiving. To get the most natural 
sound possible, even though you're playing from a 
keyboard, try to play instruments with the style and 
intonation that they're played in real life, so don't play 
chords on instruments like flutes or other instruments 
that aren't naturally used for chords. 

Sample COs come in a number of different formats and 
it's important to know which format will be best suited 
to your budget and your studio set-up before you buy. 
This most basic, and therefore the cheapest, way of 
presenting sounds is on a sample audio CD like the 
ones you play in a normal audio CD player. Nearly all 
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releases support this format and it does allow quick 
access to all the tracks, plus it's an excellent way of 
auditioning sounds before you fire them into your 
sampler. On the downside, you do have to do all the 
sampling, editing, looping and programming of the 
sounds yourself. And if you're sampling the Mormon 
Tabernacal Choir or The New York Philharmonic string 
multi-samples, this can be a real pig to get right and 
often requires an in-depth knowledge of your chosen 
sampler platform that borders on the geeky and 
requires the patience of a particularly patient saint. 
Some sample COs consist of longer drum loops or 
instrument grooves and these are often easier to deal 
with in audio format than say, a CD's worth of complex 
orchestral or piano samples. 

The best and most efficient way of presenting sampled 
sounds is the CD-ROM. The main advantage is that CD­
ROM stores all the sounds - as well as programmed 
data, loop points, crossfades, and pre-set names - as 
good old digital information, which can be fed directly 
to your sampler via SCSI. Once your CD-ROM is in your 
sampler's SCSI chain it can be treated like any another 
independent (read-only) hard drive. Loading up a pre­
set or group of pre-sets from a CD-ROM is an extremely 
quick and easy procedure and, of course, gives you all 
the sounds you need edited, named, assigned to the 
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appropriate keys and ready to play straight away. The 
main disadvantage of CD-ROM samples is their 
relatively high price. You'll find it's not unusual for 
sample ROMs to retail around the £150 ($200) mark, as 
opposed to their audio equivalents which sit around 
the £60 ($90) mark. But, then again, where else could 
you get a full symphony orchestm to perform on your 
tmck for less than half the price of a basic effects unit? 

The other main format, which is becoming increasingly 
popular particularly in the budget section of the 
market, is the Mixed Mode CD-ROM. As its name 
implies, this format contains both conventional audio 
recordings and sample data stored so that it can be 
accessed via SCSI. These days a common mixture of the 
two can be found, for instance, in the 'Creative 
Essentials' libmry from Time & Space, where, as well as 
audio files that can be auditioned and sampled from 
any CD player, the raw sample blocks are presented as 
WAY and AIFF files so they can be accessed directly by a 
Mac or PC. 

In practice, as a musician, just try to remember that an 
'open-minded' approach works best for any sample CD 
sound source. Don't instantly assume that the sounds 
you 'II end up using in your track will be anything like 
the COs you sample from. Keep in mind the vac;t 

225 



basic Macworld music handbook 

number of effects options available with even the 
humblest sampler. Try to use sample CDs less as a pre­
set -bashing exercise and more as a platform for creative 
experimentation. For example, instead of loading up an 
entire program of string or choir multi-samples, why 
not just look at a single sample? What might it sound 
like an octave higher, or lower, and what happens when 
you play around with its ADSR envelopes? Could that 
single cello sound with the sharp attack work nicely as 
a grindy techno bass noise? Or could you drop it by a 
few octaves, add a long release time and use it as an 
underscore for the next series of Roswell High? 

If your sampler allows you to play with any resonant 
filters, think about what effect these might have on the 
overall sound. This is a particularly common effect used 
on dance drum loops where the same sample is 
assigned to a number of different keys, each with a 
slightly more open filter setting than the last, restricting 
the top end of the sound. The effect is of a drum loop 
starting as a sort of distant low-fi grinding noise, each 
cycle becoming louder and more defined, until the 
sample is playing back at full bandwidth in all its glory. 
A neat trick that requires little programming. 

Everyone gets stuck in creative ruts, and one of the most 
enlightening experiences is to watch someone else work 
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with the same sounds and approach things from a 
completely different point of view. This also applies to 
Cubase in general and it's always enlightening to see 
how other musicians and producers work. Although 
sequencers and samplers don't normally allow more 
than one person to work on them at a time, musical 
collaboration is perhaps more relevant now than it ever 
was. So don't be shy about inviting like-minded 
individuals round for an afternoon of playing with your 
sample CDs to see which sounds they find most 
interesting. With experimentation in mind, don't be 
afraid to really get stuck in with external effects 
processing or even maybe even resampling the same 
sounds with additional effects. You'll need an additional 
hard drive or removable drives to store your new 
versions of sound-;, but you'll be surprised at just how 
much life you can breathe into even the dullest drum 
loop or bass groove if you beef up the EQ, add some 
compression, chorus, and perhaps a touch of distortion, 
mix it to DAT and rerecord it as a new sample. 

While software packages such as Steinberg's ReCycle 
can be a big help in regrooving old samples, fairly 
simple cut-and-paste editing within your sampler can 
give you the constituent beats of a loop, which you can 
then reprogram with a completely new feel, tempo or 
groove. Once you're happy with the loops, drop them 
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down to OAT (or similar), with a suitable effect if need 
be, and resample them as single one- or two-bar loops. 
And don't be afraid to mix and match your samples. 
Releases that offer you groove tracks complete with 
drums, bass and keyboards are often more flexible than 
you might think. Don't assume that the sax solo from 
track two, for instance, won't sound great over the 
drum and bass line from track 24. 

There's no doubt that as sampling becomes a bigger 
and more influential part of our musical lives we will see 
more and more sounds released in the sample CD 
format. Some manufacturers even provide 
downloadable sounds from their Web pages. The most 
creative implements in the samplist's toolbox are the 
ones stuck on the sides of your head. If it sounds right, 
it is right. You might even find that the most useful 
samples come from your own recordings since the 
samples will generally display the right style and right 
kind of cha1.tcter to fit the music. So, maybe it's not a 
sample manipulation technique as such, but get used to 
listening for those golden moments in your own 
material. Sampling extracts from your own music and 
running them through EQ and effects could send you 
off on an unexpected journey - if not a completely 
weird and twisted trip. 
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'There's a lot of stuff in there that 1 never use. I go 
through the menus, and there's just a lot of things 
1 have never even gone into. ' 

- Moby on using Cubase 

In the weird world of audio recording, it's generally 
agreed that the word 'mixing' means two different 

things. On one hand it's the process of adjusting the 
fader levels, balance, equalisation and other settings so 
that the Jive sound is properly recorded in the first 
place. On the other hand it is also the art of turning the 
live sound you've recorded into a finished, polished 
masterpiece that's ready to listen to. Okay, so you 
might argue that I'm splitting hairs here, since the 
second step involves much of the same kind of 
adjusting, balancing and so on as the first and, 
particularly with programs like Cubase VST where 
these boundaries and processes are conveniently 
blurred, it might be difficult to see where the 
boundaries are. I suppose you could say that the 
techniques and skills involved in recording are more 
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prosaic, while mixing tends to border on the poetic. 
Mixing down from multiple tracks to stereo is the 
second step of the overall process of making a finished 
song. With Cubase, you'll basically be flipping a few 
virtual switches on your Mixers, turning it from a 
recording console to a mixing console. As in cooking, 
you add seasoning, such as effects and EQ, to taste. 

While many people focus on the recording part, most 
of the creativity and personal satisfaction of the entire 
recording process can often come in the mixing 
session. It's the same reason that some people would 
rather be film editors than cinematographers, I 
suppose. Mixing is where all the hard decisions get 
made and can make the difference between a 
workmanlike recording and a masterpiece of sound. 
When you finish your mix, you'll need to think about 
mastering it to a medium like DAT or CD. This also 
takes some special skill but it's also something you pick 
up with experience. Before the modern era of 
multitrack tape and the eventual evolution of desktop 
digital studios, recording and mixing were essentially 
parr of the same process. You had to get a good 
balance between the voices and instruments and the 
best possible sound right there at the session because 
there was no way of making adjustments later. In these 
sort of situations, the final recording simply needed to 
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sound as close to the original as possible. Although 
that still might be your personal final goal, with Cubase 
and your Mac you have a lot more flexibility in how you 
lay down your tracks and how you ultimately mix those 
tracks to create your own personal sound. When you 
record, basic monitoring facilities can provide you with 
a reasonable 'ear' for adjusting a range of things such 
as level, pan and auxiliary sends. And since with 
Cubase you'll hear exactly what is on your Tracks as 
you progress through the recording, if your monitor 
mix sounds good, you can be reasonably sure that your 
final mix will sound great. You should regard 
everything you do as being part of the finished product 
and make it as perfect as possible. 

Ideally, as a musician working with Cubase you'll 
probably want to start the mixing process as soon as 
your project gets off the ground. You should have a 
pretty clear idea of the sound you're aiming for, as well 
as allowing for a certain amount of scope for creativity 
and synchronicity - depending on the nature and style 
of your song. If it's a dance record, for instance, you 
need to understand the style well enough to know the 
elements of the music your audience demands and you 
should always look for new and different sounds and 
textures to add w those elements to push your 
particular style that bit further. One of the great 
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advantages of recording with Cubase on your Mac is 
that you're completely in control. You're the one who 
knows how every step of the preparation and 
recording process is going to contribute to the final 
mix. This means that without the interference of an 
extraneous engineer or producer, in theory the mixing 
stage should be straightforward and painless. 
However, in practice what this really means is that, 
among other things, you are totally responsible for 
getting the arrangement right and selecting the right 
sounds, making sure the musicians are playing in time 
and in tune, and obtaining a good performance from 
the singer by whatever means necessary. If there is a 
problem in any of these areas, you can only turn a deaf 
ear ro it for so long. And that's about as long as it takes 
you to get ro the mix. Any problems present in your 
tracks at the mixing stage will have to be somehow 
disguised, covered up or fixed - if possible. But, as 
mentioned earlier, because of the enormous power 
and functionality of Cubase, you should be thinking 
about 'fixing' things as you go along, and if there's a 
problem with a performance or with the way a 
particular track is recorded, those problems should be 
corrected as soon as they occur. Remember: this is 
your studio and you're the one that has to play 
producer and engineer as well as, perhaps, writer, 
performer, arranger and more. 
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At:. more tracks are added during the recording stage, 
you can be actively working with a mix that may bear 
a passing resemblance to your finished product. The 
monitor mix is what you listen to during the recording 
process and, with Cubase, it's usually good enough to 
enable you to get a proper feel for the music and good 
enough to give you a reasonable idea of how the 
recording is shaping up. In Cubase VST, monitoring 
simply means listening to the signal being recorded 
while you're recording, and the exact monitor mix you 
get will depend a lot on how you've configured your 
own personal system. As mentioned in Chapter 5, 
you've got three choices for monitoring in Cubase: via 
an external mixer and audio card; via Cubase VST 
where the audio passes from the input into Cubase 
and back to the output allowing you to control 
monitoring via settings in Cubase; and directly via 
your audio hardware where your Mac's audio input is 
connected directly to its output. You can either do this 
manually by activating the 'through' or 'monitor' 
feature on your audio card using the card's ASIO 
Control Panel accessed through the Audio System 
Setup dialogue, through the Sound Control Panel in 
the Apple menu in the Finder, or in a mixer 
application that might be bundled with your card. 
Otherwise, if you have ASIO-compatible audio 
hardware, you can monitor via ASIO Direct Monitor. 
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Obviously, monitoring via Cubase direct has an 
advantage since any Effect you apply or other setting 
changes you may make while recording will also be 
'accessible' on the monitored signal on both the 
recordings you've already made and the playback. If 
you monitor directly via your audio hardware then this 
method won't work. The primary disadvantage of 
using this method is that there will be a certain amoum 
of latency, that unavoidable delay in the monitor signal 
that we've already looked at. However, latency 
depends on your audio card and its drivers, and cards 
with separate ASIO drivers may have a low enough 
latency to give you a signal accurate enough for 
monitoring. When you go looking for an audio card, 
make sure you ask about latency- and make sure your 
dealer understands what you're talking about. 
Although most cards now are pretty good, you'll still 
find dealers tend to skirt round the whole issue of 
latency and respond to questions about as directly as 
politicians playing dodge-urns with jeremy Paxman. If 
you decide to use Cubase monitoring, always make 
sure that there's no monitoring or 'through' function 
activated in your audio hardware mixer applications. 
With some audio hardware, including your Mac's built­
in audio, you can change settings at any time using the 
ASIO Control Panel found in Cubase VST's Audio 
System Setup dialogue box. 
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A fairly traditional style of album recording involves 
putting down all the basic tracks, overdubbing other 
instruments and vocals, and then taking a break for a 
few days before starting to mix the whole lot. The main 
disadvantage of constructing a whole song at a time, all 
the way from basic tracks to mix, is that your ears will 
go woolly and you can easily lose perspective and 
artistic judgment. Over-familiarity with your song and 
the recording can mean that you won't be able to 
judge it in the same way as a punter would. Taking a 
break between recording and mixing means that you 
can come back to the song with fresh ears and hear 
very clearly which bits need to be brought out and 
which elements play an important, but perhaps 
subservient, role. 

How to mix is fairly straightforward. However, what 
'makes' a good mix is a bit trickier to say. Since you're 
not a sound engineer, using Cubase as a musician 
means that you don't need to know all the details of 
how to mix. But as a musician, you do need to be able 
to recognise when something is right and be able to 

understand what's missing when it isn't. You need to 
keep in mind the purpose of your mix. Is it a dance 
floor mix that should sound great on a club PA? Or is it 
intended for CD listening at home? Depending on your 
style and approach, you may even want to do a radio 
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mix emphasising some sort of 'buy me' factor -
whatever you think that might be - that will attract 
particular listeners to your particular release. 

As a housekeeping rule, always sit in the optimum 
listening position directly between the speakers while 
mixing. Once you think you've got the sound you 
want, you 'II probably want to wander around the room 
so you have an opportunity to hear the mix in less than 
perfect conditions - which is exactly the way the 
record buyer tends to hear it. Different people listen to 
music in different ways: in a club with the bass turned 
up w stomach-pounding volume, on an average home 
hi-fi, on a car radio in heavy traffic - with a hole in the 
exhaust. Ideally, your mix has to sell the song in each 
of these situations, so you 'II need w be looking for the 
overall impact here. If the mix sounds good from any 
listening position in your studio it's probably okay. 
Proper monitor speakers will give you a true-ish 
representation of your sound. But you should also 
have a cassette copy made so you can check the mix on 
a cheap stereo system, on a Walkman, or in the car. The 
more ways you can listen to your mix, the better. 

Once you've done your mix, you'll want to transfer it to 
OAT or burn it onto a CD. Recording geeks still whinge 
that OAT isn't always entirely satisfactory because it's 
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only 16-bit, which means that its sound quality isn't any 
better than the CDs people listen to at home. 
Personally, I tend not to worry about things I can't hear. 
Most work I've done in traditional studios is still 
dumped to DAT, and CD masters produced from them 
haven't been noticeably inferior in any way, shape or 
form. And, despite the warnings about mini-disks in 
earlier chapters, in a lot of cases these also will work 
just fine. 

Keep in mind that the mix is an evolutionary thing. 
Virtually every song we do in Cubase, we work through 
to the mix. The great thing about Cubase is that you 
never have to get to a stage where everything is 
finished before you start mixing. It simply evolves in 
the process. 

Okay, even though you can't really separate the mixing 
process from the rest of the recording process, it is, of 
course, the one magical point where all your previous 
efforts finally come together. And, whether we like it or 
not, the mix can make or break your finished song. In 
Chapter 6 we looked briefly at the various mixing desks 
included in Cubase as well as their basic functionality. 
Now let's see how you can use them a bit more 
efficiently for the final mixing process and turn our 
tracks into something splendid. 
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VST Channel Mixer 
When it comes to mixing, if your Mac was the USS 

Enterprise, Cubase's Channel or Monitor Mixer would 
be the bridge. Like the huge hardware consoles in 

expensive commercial studios, this is where the real 
work of mixing gets done in your virtual studio. 

The VST Channel Mixer. To make fine volume adjustments, hold down the 
Shift key as you move the faders 

On mix-down, as well as during recording, the output 
level of each Audio Channel is controlled either with the 
faders in the VST Channel Mixer or with the Dynamic 
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Volume Events in the Audio Editor. In the VST Channel 
Mixer, each Audio Channel has an accompanying fader 
for volume control, and you can also use the Mute and 
Solo buttons to silence one or several Audio Channels. 
The faders determine the final output level of your 
stereo mix. If you want to hear only the audio playback, 
click on the MIDI Mute button to the left in the VST 
Channel Mixer and this will mute all MIDI playback, 
letting you concentrate on mixing the audio. 

talking volumes 
The Volume fader for an Audio Channel is 'mirrored' 
in the Inspector, so any volume changes you make in 
the Inspector are reflected in the Channel Mixer and 
vice versa. Incidentally, remember that only the left­
channel volume for stereo Audio Tracks is displayed in 
the Inspector. You can use the Channel, Group and 
Master faders to set up a volume balance between the 
Audio Channels and perform a manual mix by moving 
the faders and other controls while playing back. You 
can also use the Write function to automate fader 
movements and other VST Channel Mixer actions. 
This means that nearly any action in the Channel 
Mixer window can be automated by 'writing' them 
into a special Audiomix Part. When you come to play 
this back, the Part will repeat your fader movements 
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and button presses just like you per formed them and 

you' ll see the faders and buttons move on the screen 

- just as you would see on expensive commercial 
mixers with motorised controls. While the Wri te 
button is active, every volume, pan, mute or solo 

movement you make will be recorded. The Write 
button also works in Stop mode as well as during 
playback, so i f you activate Write when Cubase is 

stopped, all changes you make to your mixer 

parameters arc recorded at your current Song 

Position. You can use this funct ionali ty quite creatively 
if you need, say, initial mixer settings or abrupt 
changes and so on. To go back and see what you've 
actually done, activate the auromated playback by 
clicking on the Read button in the upper-left corner of 
the Channel Mixer. Cubase allows you to have Write 
and Read activated simultaneously so you can watch 
and listen to your recorded mixer actions while you' re 
recording fader movements for another Channel. 
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If you select Undo from the Edit menu, all actions 
recorded since you last activated Write will be undone. 
It's a good idea, therefore, to get into the habit of 
always deactivating Write after each recording 'pass' 
and listening to what you've recorded. If you find all 
this daunting, you can make separate Audiomix Parts 
for the different Audio Channels or recording 'passes' 
and edit/delete these afterwards. Although Cubase 
creates only one dedicated Audiomix Track, you can 
structure your Mixer Automation into different Pans for 
different Channels. You might find that this makes it 
easier to edit and redo mixer recordings you're not 
particularly satisfied with. To use this method, record 
your fader movements and other mixer actions for the 
first Audio Channel. Then deactivate the Write function 
and go to the Arrange window and make a new Mixer 
Track. It's a good idea to name it after the Audio 
Channel you just mixed to avoid any confusion later on. 
After you've done that, move the entire Audiomix Part 
ro the new Track. Open the Channel Mixer again, 
activate the Write function and record your mixer 
actions for the next Audio Channel. When you do this, 
Cubase creates a new Audiomix Part on the original 
empty Audiomix Track. If you activate the Read 
function, your previously recorded Part will be played 
back from its new Track so you can watch your 
recorded fader movements while you continue with 
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any new Audio Channels and you can repeat these steps 
for as many Channels as you like. \X'hat you'll end up 
with is a number of Mixer Tracks playing back 
simultaneously and affecting different Audio Channels 
in the Channel Mixer. From here, you can either keep it 
that way if you like it, or, if you like a clean Arrange 
window you can Merge the Parts into one or put all the 
relevant Tracks in a Folder Track. 

automating 
Mix-down in Cubase VST can be completely automated 
and the following parameter settings can be recorded 
with the Write function for each Channel: 

• Volume 
Pan 
Mute 
EQ Bypass switch 
Settings for 4 EQ modules 
8 x Effect Send Active switches 
8 x Effect Send levels 
8 x Effect Send PRE switches 
Effect Send Bypass switch 
4 x Insert Effect Program selection 
4 x Insert Effect parameters (the 15 first parameters 
for each Effect) 
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panning 
When you're mixing, you've got to decide where in the 
mix you want each of your instruments, vocals or sounds 
to be positioned. This involves panning sounds and 
instruments to appropriate positions in the stereo mix to 
achieve the desired level of depth and texture. Although 
panning can be used quite creatively; as a general rule, 
vocals, bass drum, bass instruments and, often, the snare 
drum are usually panned centre. In some types of music 
you may want to pan the snare slightly off-centre. Vocals 
can also be panned a little to the left or right, but tend to 
sound better if there's a balancing vocal or similar 
instrument panned w the opposite side. Other 
instruments like guitars, brass, keyboards, backing vocals 
and so on can be panned to either side. Remember to pan 
stereo effects like reverb fully left and right if you want to 
create 'width'. Of course, you can pan any instrumem, 
vocal or pad sound back and fonh in your mix depending 
on the effect and 'movement' you're trying to achieve. As 

with volume, the pan or stereo position of each Audio 
Channel can be comrolled with the Pan controls in the 
Channel Mixer or with the Dynamic Pan Events in the 
Audio Editor. Pan controls in the Channel Mixer pan 
sound between the left and right side of the assigned 
stereo output bus. If you want to make fine Pan 
adjustments, hold down the Shift key when you move the 
Pan control. To select centre Pan position, hold down the 
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Command key and click on the Pan control. To selecr 

wherher volume or pan should be shown in the Evenrs, 

select your Audio Part in the Arrange window and double­
click on the Part ro open rhe Audio Editor. Pull down the 

pop-up menu immediately righr of the To: Selected 

button and selecr the P'dn option. 

Remember, as mentioned in Chapter 6, that dynamic 

data affects the segment that the Event plays, so even 
if you have Ghost Events that play the same segment, 

any changes you do to the volume/pan curve for one of 
the Events will be reflected in the others. 

As a helpful tip, don't rely on rhe Pan controls to keep 

your sounds separate. ·n-y to get your mix working in 

mono firsr and then start panning the various elements. 

After you ger a rough balance in mono using no EQ you 
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can start playing around with the fine-tuning. When 
you're actually recording, try to make your up-front 
sounds slightly brighter while keeping background and 
supporting sounds less bright. Since it's always easier to 
cut frequencies using EQ than to add them later, just 
make sure you've got enough top end in your various 
recordings. To keep that contrast in your mix, don't 
process everything. If you do, you'll just end up with a 
muddy cacophony of competing sounds - or 
something that sounds vaguely like hip-hop. 

disk space 
Remember that most digital editing performed in 
Cubase is non-destructive. In other words, nothing is 
deleted from your hard drive until you want to it be -
even the bits of audio you may have chopped off and 
forgotten about. This could mean that you end up using 
much more space on your hard drive - often up to 50 
per cent more - until all of the unwanted audio is 
deleted. Of course, it's best not to do that until your 
track is completed. 

effects 
In Chapter 7 we looked at how Cubase handles Effects, 
and briefly touched on some points to consider before 
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adding Effects to your tracks or final mix. Although 
apart from EQ, Cubase enables you to apply Effects in 
three different ways, for most musicians, the Send 
Effects option is probably the most common choice for 
applying Effects to your mix. You can use up to eight 
Effects and when you use Send Effects, audio is routed 
through the Effects processors via independent Effect 
Sends for each Channel - just like on a real mixing 
desk. The output from each Effects processor is then 
routed to one of the buses or the master faders where 
you can mix it with your 'dry' signal if desired. You'll 
probably find that Send Effects is a good choice for 
adding Effects such as echo, reverb, chorus and so on 
where you'll want to be able to balance the mix of dry 
and effected signals. When you use this option, effects 
are mono in/stereo ouL 

The Insert Effects option is also readily available on all 
Audio Channels in the Channel Mixer and inserts 
Effects into the signal chain of an Audio Channel. This 
means that the whole Channel signal passes through 
the Effect, which makes inserts suitable for Effects for 
which you don't need to mix dry (or direct) and 'wet' 
(processed) sound. A good example of this would be 
using distortion, filters, EQ, noise gating or other 
Effects that change the tonal or dynamic characteristics 
of the sound. Because of the way the signal is routed, 
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unlike with the Send Effects, the signal level going into 
the Insert Effects is not affected by the Channel fader 
level. The Cubase manual says that you can have up to 

four different Insert Effects per Channel, but the 
number of Effects you can actually use is restricted 
only by the processing power of your particular Mac. 

The Master Effects option is primarily designed for 
processing you might want to use for a final stereo mix. 
Up to four stereo in/stereo out Effect processors can be 
added to the signal on the the final stereo mix but there 
is no facility for mixing dry/fx signals like there is with 
the Send Effects. You'll tend to use the Master Effects 
for compressor/limiter Effects, noise suppression units, 
loudness maximisers and so on. As mentioned in 
Chapter 7, you can get a whole assortment of these 
plug-ins from third-party suppliers. 

the plug-in effect 
Some Effect plug-ins may have a certain delay which 
will be particularly noticeable when you use them as 
Insert Effects. If you experience delayed audio 
playback from Tracks with Insert Effects, you should 
activate Plug-In Delay Compensation in the Audio 
System Setup dialogue. When this option is activated, 
the playback timing of the delayed Tracks is adjusted to 
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compensate for the delay in the plug-ins. You may also 
need to activate this option if you're using the Channel 
Settings VST Dynamics panel. Even though these aren't 
accessed as Insert Effects, technically they are just that 
and may cause an audible delay. 

EQ again 
Although some people do insist on adding EQ while 
recording, as a general rule, it's best not to. One good 
reason for this is that when you do a mix and find out 
that it's not what you were hoping for, you can go back 
to a bland sound canvas by resetting your EQ to flat 
and starting again. Another is that there's no way. that 
you can really know what EQ a sound finally needs 
until you hear it in context with the rest of your mix. 
And trying to EQ an already EQ'd sound can create 
some ugly noises. Remember, some sounds in your 
mix will have to take a back seat and won't be heard on 
their own. So why record them with heavy EQ as if they 
were up-front solos? 

As any producer will tell you, EQ can make or break a 
mix. just as a painter will mix primary colours to 
accentuate certain areas of a painting and draw the eye 
across the page, so too will the producer mix high, low, 
and midrange frequencies to achieve subtle colourings 
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of tone that any good mix demands. Often when you 
listen back to one of your mixes, two or more sounds 
operating in the same frequency can combine in 
synergy to create a new sound, which is greater than 
the sum of its parts. This blending of sound creates 
new timbres, as well as forcing sounds apart. The 
separation of sounds is important in most dance music 
as a lot of low frequencies infringe on each other's 
wavelength, for example, bass lines and kick drums. A 
lot of jungle producers will pitch up their drum loops 
to allow low basses to sit comfortably in the mix. The 
same applies to midrange sounds: snares, hi-hats, and 
bongos all tend to occupy a similar wavelength and will 
need to stand out from each other. EQ can vastly affect 
the character of a sound. But, when used subtly, the 
presence of a sound can be changed without altering 
its tonal quality and this is the key to the spacious 
mixes we are all accustomed to. Like effects, with EQ, 
less is more, so always try taking away frequencies 
rather than boosting them. 

good sounds 
General tips for getting a better overall sound are: 

• Always listen to the whole track dry, no Effects no 
EQ, nothing. This will help you determine where 
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things want co sit. Of course, if the song you're 
mixing utilises processed samples, this cannot be 
done. A relatively effective way to reduce effects on 
preprocessed samples is to use a limiter or some 
form of compression. You can also target the 
frequency band where the sample is most affected, 
reducing the gain. This, however, can lead to 
unwanted tonal change 
Thin out pads, backing vocals and acoustic guitar 
parts with EQ. Perversely, it dramatises the 
dynamics rather than diminishing them. 
Next door is where it's at. .. Try going into a 
different room and occupying yourself with 
something total unrelated to music. Leave your 
track going - now see what needs doing 
Smooth the curve. Although not to everyone's 
taste, this is definitely familiar as the radio­
friendly 'pro sound' of most modern records. The 
polished feel seems to rest in the mid band of the 
EQ, with producers tending to cut frequencies 
between 200Hz and 4Hz, chopping the most in 
the 600Hz-1kHz region. Okay, forget the techie 
crap: on a graphic equaliser, like the one you 
have in Cubase, EQ carried out like this forms a 
smooth upside-down curve, which you can just 
draw in graphically. Professional producers take 
down the midrange as middle frequencies have a 
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habit of tiring the ear and blocking the finer 
frequencies. This holds especially true on tracks 
with a profusion of guitar. The 'edge' that's 
apparently so desirable is not achieved by boosting 
the midrange (which seems natural) but tweaking 
the top and bottom frequencies so they interact 
with contrast 

I know I said I wasn't going to get into a lot of techie 
detail here, but when it comes to EQ, it's at leao:;t worth 
knowing a linle of about frequency settings for 
particular instruments. This will at least give you an idea 
of where to start with your EQ settings in Cubase and 
you don't have to worry too much about whether or not 
you actually understand the science. To begin with, an 
instrument's sound is made up of a fundamental 
frequency (the musical note) and harmonics - even 
when playing only a single note - and it is these 
harmonics that give the note its unique character. If you 
use EQ to boost the fundamental frequency, you simply 
make the instrument louder and don't bring it out in the 
mix. You should also note that a particular frequency on 
the EQ - say 440Hz - correspond.;; direcdy to a musical 
note on the scale (in the case of 440Hz, to the A above 
middle C - hence the expression A-440 tuning 
reference). Boosting the harmonic frequencies, on the 
other hand, boosts the instrument's tonal qualities and 
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can therefore give it its own space in the mix. Below are 
listed useful frequencies for several instruments: 

• Voice: presence (5Hz), sibilance (7.5-lOkHz), 
boominess (200-240Hz), fullness (120Hz) 

• Electric guitar: fullness (240Hz), bite (2.5Hz), 
air/sizzle (8Hz) 

• Bass guitar: bottom (60-80Hz), attack 
(700-l,OOOHz), string noise (2.5Hz) 

• Snare drum: fatness (240Hz), crispness (5Hz) 
• Kick drum: bottom (60-80Hz), slap (4Hz) 
• Hi-hat/cymbals: sizzle (7.5-lOHz), clank (200Hz) 
• Toms: attack (5Hz), fullness (120-240Hz) 
• Acoustic guitar: harshness/bite (2Hz), boominess 

(120-200Hz), cut (7-10Hz) 

True Tape 
TrueTape is a new feature in Cubase VST version 5 
offering a unique Steinberg technology that emulates 
the behaviour of a professional analogue tape 
recorder. While digital audio recording has loads of 
benefits, some musicians have expressed the opinion 
that digital sound always tends to be somewhat 'sterile' 
and 'cold' compared to high-quality analogue 
recordings. A few years ago, Neil Young was particularly 
outspoken about the evils of digital sound. However, 
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TrueTape claims ro remedy this problem by recreating 

that good-old, open-fire sound of analogue tape 

saturation at the recording stage. I f you're particularly 

into acoustic music, you might want to play around 
with this- if your system can handle it, that is. 

TrueTape produces 32-bit Float files and all the hard-disk 

and processor speed considerations of the regular 32-bit 

format apply here as well. Unlike the regular 32-bit mode, 

you can make use of the TrueTape mode even if your 

audio hardware supports only 16-bit resolll[ion. This is 

because the TrueTape feature converts the signal to 32-

bit Float format, and adds audio information in the 

floating-point domain. However, keep in mind that only 

Cubase VST/32 can play back TrueTape audio files. 

Once you have selected the TrueTape 32-Bit format, you 

can make settings by selecting VST Tr·ueTape from the 
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Panels menu, which brings up a Control Panel for 

'frueTape. You can use the Drive control to adjust the 

amount of tape saturation effect to your liking and if 
you're monitoring through Cubase VST you'll hear how 

the changes colour the sound of the monitored signal. 
This enables you to try out the settings before actually 

recording. There's a pop-up menu below the TrueTape 
panel that enables you to select one of four Drive pre­

sets for quick changes. These contain no 'hidden 
parameters' so selecting the 24dB Super Saturation pre­

set is the same as moving the Drive control all the way to 

the right. Note that any adjustments you make to the 
Drive control are automatically applied to the selected 
pre-set. You can also rename a pre-set by double-clicking 
and typing in a new name. If you raise the Drive level, 
you'll also raise the level in the audio file and if input 
level metering is selected in the Channel Mixer you may 
fmd that the Clip indicators light up. However, unlike 
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when you're recording in 16-bit format, this is nothing to 
worry about. Steinberg says it's virtually impossible to get 
digital distortion in a 32-Bit Float file. 

integrating audio and MIDI 
More often then not, when you're mixing Audio Tracks 
you'll also want to use a number of MIDI Tracks as well. 
Probably the easiest way of doing this, and the one 
you'll probably use most often, is as mentioned in 
Chapter 5, where the sounds from the MIDI 
instruments are simply recorded onto one or more 
Audio Channels in Cubase, or perhaps onto stereo 
pairs. After you've done this, mute your original MIDI 
Tracks, leaving the complete inclusive version as audio 
only. You can then mix down all the Audio Tracks and 
master the final results to OAT or CD as you choose via 
the analogue outputs on your Mac, via the digital 
outputs of your audio card, or simply by exporting the 
lot as an audio file within your Mac using Cubase's 
Export Audio function. 

On your Mac, the Export Audio function in Cubase 
enables you to create stereo files of your whole mix, 
which you can later transfer to audio CD using a 
normal Mac-compatible CD-R burner. It also provides a 
convenient way to mix down several Tracks onto one 
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Audio Channel or onto stereo pairs to free up space in 

your audio arrangement or your hard drive so you can 

extend your recording capacity. 
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Export Audio window 

Make sure you 've already set your Locators to the 

segment or completed Tracks in the Arrange window 
and have had a good listen to make sure the mix is 

exactly the way you want it. I f you're happy with the 

mix, pull up the Export Audio dialogue box and set 

your sample rate, channel options, resolution and so 

on. You can also decide to automatically import your 

new file back into the Audio Pool, use automat ion, 
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whatever you want w do with it. When you're happy 
with all your settings, select a folder and a name for 
your new file and click the Create File button. You 'II 
find that a new audio file is automatically created as a 
new Part in the Arrange window. Incidentally, you can 
also use this same procedure for creating a stereo file 
of your whole mix and you'll end up with a digitally­
clean file that will show none of the signs of 
degradation displayed when audio is traditionally 
transferred from one medium to another. 

Pods 
As studios become more compact, solutions for 
instrument recording follow suit. At present, 
manufacturers offer a competitive range of amp­
modelling hardware and software. The premise of this 
is simple: a unit simulates the 'genuine' sounds of an 
amp, including effects. This means no miking up and 
huge savings on space and money. 

The current favourite is the Pod series created by Line 
6. A guitar and a bass pod can be had for around £200 
($300) each and each unit offers pre- and post-EQ 
effects, a serious EQ and a range of classic amp models. 
It's possible to create your own user patterns and 
models as well, which means the classic Marshall valve 
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you've always wanted can be created with a few tweaks. 
Even someone who thinks 'Mike' is a good wholesome 
Christian name will get a sound that engineers train for 
years to achieve. An alternative lO the Pod system 
comes from the johnson J Station. This gives guitar 
and bass modelling with acoustic guitar simulation. 
Both systems are fully programmable. 

and then ... 
There are a few more things to keep in mind at all 
times during the mixing phase of your project and if 
I'm repeating myself here it's probably because it's 
important - although a touch of early senility isn't out 
of the question. To begin with, don't constantly mix at 
high volume. For that matter, don't constantly mix at the 
same volume. Check your mix frequently using a very 
low volume and at various mid-level volumes and every 
now and then cr.1nk it up to really hear how things hit 
hard. Look at your speakers when you do this to help 
you to identify when you're overdriving them. When 
the mix is finished, you should listen to it from start to 
finish at a high level, turning it down again if you need 
to make further alterations. Your ears can get tired, 
woolly and even damaged if you listen to loud music 
for long periods, resulting in a muffled version of the 
sound that you're listening to. Okay, maybe that 
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sounds like your parents blathering on about the evils 
of rock music but, believe me, you don't want to mess 
with your ears. If you're a musician, you need to keep 
them in the best condition possible. One final note: a 
well-arranged and well-tracked song shouldn't require 
a great deal of fader-riding. You may have to bring up a 
lead instrument here and there, but that should be 
about it. 
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generic 
recording styles 

~ verbal art like poetry is reflective; it stops to 
think. Music is immediate, it goes on to become. ' 

- WH Auden 

Trying to understand the subtle nuances and 
permutations of musical genre can stimulate a level 

of philosophical angst that is remarkably similar to 
trying to grasp the significance of why kamikaze pilots 
bothered wearing helmets or agonising over whether 
or not illiterate people get the full effect of alphabet 
spaghetti. The dictionary definition of genre settles for 
'kind, category, or sort, especially of literary, musical or 
artistic work'. Not the most lucid or enlightening of 
definitions, I think you'll agree, but at least it's a place 
to start. 

Although Cubase can be used to record anything from 
blue grass to hard house, your whole approach and the 
level of functionality that you 'II need to access will vary 
considerably, depending on the kind, category or sort 
of music you want to record. In a book like this, it's 
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impossible to detail all the various permutations for 
each and every musical genre or to even begin to list 
the pit-falls and problems you may encounter on the 
way. So, instead, I've just picked a few general generic 
areas where I know that Cubase is being used 
successfully and tried to add in a few extras that you 
probably wouldn't pick up just from reading the 
Steinberg manuals. If you want to get into the real 
nitty-gritty of studio technique and mad sound science, 
there are a number of other Sanctuary books on the 
subject covering every conceivable aspect of the 
process and practice. 

dance 
Sequencers and dance music are happy bedfellows, and 
Cubase VST is the ideal recording environment for this 
stuff. Unfortunately, a generic boundary is a tiny cot to 
dance's super-king-size double bed. It's impossible to 
cover all approaches to all styles of dance in a single 
chapter. There are books devoted to dance genre and all 
its beat-influenced brethren. So, I'll try to provide only a 
rough outline of some of the more notable categories. 

It's an interesting notion that dance music as it is today 
would not exist if not for Cubase. Back in the early days, 
when music was becoming computer based, it was 
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Cubase and Atari that blazed the frontier with well over 
90 per cent of the classic tunes emerging from smoky 
bedrooms equipped with a Groovebox and an ST. Dance 
as a general rule exists in the realms of MIDI, drawing its 
sounds from a vast array of synths. So, sequencers like 
Cubase are an obvious choice. It's very possible to 
create dance music entirely on MIDI, but as horizons 
and CPU power expand, audio is also becoming an 
integral tool. So- at the risk of sounding old and stupid 
- here's a very simplistic breakdown of the main dance 
genres and how (on the whole) they are approached. 

house 
This is probably the great grand daddy of dance, the 
blind idiot godfather of limitless permutations. 
However, house itself is not a single genre but rather a 
broad heading under which dozens of hybrids shelter. 

trance 
This is the sharpened product of rave, which emerged 
as synth potential grew. In many respects, it's simply a 
four-to-the-floor rhythm layered with electronica and 
soaring pads. It usually focuses around a breakdown, 
with either side of the song working on the plus/minus 
build ethic. A simple riff is repeated and built upon 
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with the exception of bass breaks and key changes. The 
integral factor to trance is the depth of the melodies. 
Trance always attempts the 'epic' and is designed to 
extract the maximum serotonin at desired intervals. 

To get the trance sound you need to start at the drums. 
Most house uses either the 808 or 909 drum machine. 
These maps are available on Rolands (the inventors), 
but most manufacturers offer a similar kit. With the VST 
plug-in LM9, it's possible to load in multi-samples and 
create your own drum kits, and 808 samples are readily 
available over the Internet. So, you have the drum 
sound. Trance like its father, house, uses a four-four 
rhythm with syncopated claps or hits and, laid over the 
drums, dances an arpeggiated bass line. You can create 
your own with one of VB's synth basses and Cubase's 
Arpeggiator. The bass line itself need not be too 
bottom-end heavy as the floor tom carries the really low 
frequencies. On top of the bass line you need lots of 
lushly orchestrated pads. With a bit of time and effort 
Neon can actually create satisfactory results. For a quick 
pad choose a triangle wave, assign a heavy attack, and 
pump the release. Now play with VST's bounteous 
Effects for depth. A common mistake with pads is to 
saturate them with reverb. They occupy a huge 
frequency band as is and reverberation just expands 
their range. For the main melody, either a synth lead or 
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piano are the trusty guns of trance. The Universal 
Sound Module has a very convincing 'cheese' piano 
which is perfect for those floating arpeggios. For a synth 
lead, overdrive on Neon employing a square wave and 
maximum LFO can have pleasing results. 

hard house 
Here's another style that can happily thrive in the 
oxygen-starved world of MIDI. Hard house follows a 
similar structural path as house but is speeded up and, 
as the name implies, is generally harder. Add mild 
distortion to your synth sounds and phase the hi-hats. 
Hard house tends to be bass line-driven meaning you 
want a grooving bass melody instead of the floating 
lead of trance. Experiment with VST and you '11 be 
surprised at the results. 

House doesn't end there. Tech trance, deep house and 
disco all enter in at some point and similar production 
rules apply if you're producing pretty much any of 
them. House is a good entry into dance production, 
offering accessible drum programming and simple 
melodies. It's also fully creatable with a stand-alone 
version of Cubase 5. In terms of EQ, a gentle curve that 
knocks out the middle is the standard rule since this 
helps with depth. 
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drum and bass 
The clever naming continues. Drum and bass relies on 
- wait for it- drums and bass to convey its essence. 
Born out of jungle, which itself was born out of 
raregroove and Motown, drum and bass relies on a 
solid, fast, two-step rhythm rolling in at between 160 
and 180 bpm. Two-step is driven by a snare that falls on 
beat with a bass drum, which itself falls behind every 
second stroke. The standard drum sounds on LM9 are 
not adequate for D&B. Practitioners favour real drums 
time-stretched and pitched up. The pitching up, as 
well as giving the desired speed, makes room for the 
spleen-shattering bass frequencies. 

acoustic and vocal 
At the opposite end of the spectrum from the thunder 
of dance music is good old acoustic stuff. This is the 
melodic and soulful stuff stretching back to the likes of 
Bob Dylan, Paul Simon, james Taylor and running 
through to the likes of Dave Matthews, Ben Harper, 
David Gray and Badly Drawn Boy. Although working 
with audio can be slightly trickier than working 
exclusively with MIDI, Cubase is powerful enough to 

enable you to make some stunning recordings of 
acoustic music. But, just as when you're recording any 
music, there are things you will need to consider. 
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Firstly, the acoustic guitar is a rather difficult instrument 
to record well. The subtle quality of the overtones and 
such make it a very complex sound to capture. Most 
musicians and good producers tend to agree that you 
should never record the piezo pick-up mounted in 
some guitars. I know, I've heard it done on major-label 
productions too, but I still think it sounds thuddy, thin 
and metallic. A good condenser mic (or two) is optimal; 
however, if all you have is a choice between an SM57 or 
the pick-up, I'd use the SM57 every time. 

Avoid aiming the mic directly at the sound hole since 
this tends to produce an overly boomy result. Position 
the mic 8 to 12 inches away aimed about where the 
neck and body meet (usually around the 14th fret). I 
normally use just one mic, but for a larger-than-life 
sound, place one micas discussed above and a second 
mic an equal distance away aimed at the bridge. This 
will pick up more of the midrange and bite and the two 
signals can be blended to taste in the mix. This tends 
to work for things like mandolins, banjos, and so on, 
although with banjos you need to really watch your 
levels and make sure the sound isn't too tinny. 

As with any recording, the quality starts with the 
instrument itself and no amount of EQ or effects will 
inject life into strings that are old and dull. I always put 
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new strings on my guitar before gigging and for 
recording. Also, there's no way to totally disguise fret 
buzz, and while a certain amount of fret and finger 
noise will add to the 'organic' sound, too much can 
spoil the performance. If you're a singer/guitarist and 
you want to record both bits in one take, you will get a 
certain amount of spill between guitar and vocal mics. 
You can minimise this by using a good directional 
cardioid mic placed as close to the guitar as possible 
with a directional vocal mic with a pop-shield no more 
than 12 inches from your mouth. Although there will 
still be some spill, it won't be all that serious and can 
even create an illusion of stereo if you pan the guitar to 
one side and the vocal mic to the other. 

For something a bit more exotic, like an acoustic bass 
guitar, place your mic 6 inches above the bridge and 
aimed slightly (to taste) toward the sound hole. For an 
upright bass, an Audio Technica ATM25 placed just 
outside the f-hole along with a large- or small­
diaphragm condenser just above the bridge works well 
(on two separate tracks). The bridge mic can then be 
blended to taste in the mix to achieve the desired 
amount of attack and string vibration. Keep the mics 
within 12 inches of the instrument or you're likely to 
get phase cancellations from the reflections of the 
sound on the floor. You don't really want a lot of room 
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ambience on a bass track anyway and even if you 
decided ro put some outboard reverb on a bass track 
just for fun, the mix would instantly turn to mush. 

With other instruments such as violins, flutes, whistles, 
and so on, start with the mic position around 6 inches 
from the sound source and then adjust accordingly. 
Even moving the mic a few inches - or centimetres -
can affect the sound quite considerably. The acoustic 
environment can also play a considerable part in giving 
your recorded sound particular characteristics. 
Acoustic sound changes constantly and the level of 
recording difficulty is increased when you use more 
than one mic. As with everything, don't be afraid to 
experiment until you get the mic placement and sound 
right. Do use EQ, compression or whatever sounds 
good but don't over-do it. Set EQ within the ambient 
range of the instrument, for example, guitar and vocal 
are usually midrange, bass, mid to low ... Always try to 
record acoustic instruments clean. If you want reverb, 
add it later, but don't over-do it. And don't expect to fLx 
an atrociously bad sound in the mix. Always try to get 
the cleanest recording possible at source. 

Since you can't, unfortunately, tune a singer, the place 
to start with is his or her environment. For example, 
although it may sound a bit New Age, a room with dim 
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lights can relax a singer for a song with a mellower 
mood. Conversely, a brightly lit room can support a 
high-energy song. Temperature also affects a vocalist's 
performance: a cold room can cause the vocal cordc; to 

tense up. That is a bad thing and you'll want to make 
sure that the room where you'll be recording vocals is a 
comfortable temperature. The standard mic position 
for recording vocals is about 9 inches from the singer's 
mouth and slightly above. This way, you have to angle 
the mic clown a bit, thus avoiding pops. Also, if you 
have one, a pop filter is very useful. If you don't have 
one, you can make one. Compression is a very useful 
tool when it comes to recording vocals, too. Vocals will 
almost always benefit from a little compression. Using 
Compression in Cubase, start with a -lOdB threshold, 
3:1 ratio, a fast attack time and a moderately fast release 
time. Bring the threshold clown until the reduction 
meters are almost always lit and adjust the ratio until 
you get about 6dB of reduction. This will be a good 
place to start. EQ is usually helpful to pull the sound of 
a vocalist out of the mix. If you can, use narrow 
bandwidths - this will reduce the chance of boosting 
the same frequency as another instrument. 

For all vocals, use suitable compression. Even well­
disciplined vocalists tend to sound uneven against the 
very controlled dynamics of a pop mix, so it helps to 
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apply a little compression while recording. Err on the 
side of using less compression than you think you will 
finally need. Don't be afraid to use more compression 
on the vocal track once it has been recorded. When the 
performance is in the can, you can try both subtle and 
heavy compression within Cubase to see which works 
best with the track, although if you're using a lot of 
compression you may need to gate the vocal track first. 
This will prevent noise build-up in the pauses between 
phrases. It's at the mixing stage that a compressor with 
an obvious character can be used to make a vocal seem 
larger than life. However, don't gate the vocal while 
recording. A badly set-up gate can ruin an otherwise 
perfect take, so save gating until the mixing stage. Use 
the gate before any further compression, but don't 
gate so hard that you remove all the breath noises 
preceding words, as these are part of the character of 
a vocal performance and the recording will sound 
unnatural without them. And don't run amok with the 
EQ. Midrange boosting usually results in a nasal or 
phasey sound, so use as little EQ as you can. If you've 
picked the right mic, and taken the time to fine-tune its 
position during recording, you shouldn't need much 
corrective EQ anyway. Of course, there are times when 
EQ is used for creative purposes. Use reverb sparingly. 
Vocals recorded in a dry acoustic environment need 
reverb to give them a sense of space and reality, but 
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don't use more than the song really needs. As a general 
rule, busy songs need less reverb, and slower ballads 
with lots of space in the arrangement can afford to use 
more. If the vocals are very brightly recorded, they may 
cause any added reverb to sound sibilant Instead of 
de-essing the vocals (which often sounds unnatural), 
try instead de-essing just the feed to the reverb unit 
You can also experiment with the reverb type and 
tonality to minimise sibilance and spitting. 

Chances are the 'keeper' vocal track will be done as an 
overdub after the basic tracks are cut. You'll also find 
that the ability to 'punch in· vocals in Cubase to fix 
phrasing and bum notes will be invaluable. You'll want 
to limit the vocal on the way down - the highest ratio 
you have, the fastest attack time possible, a threshold 
setting that just grabs the peaks. If the singer insists on 
some reverb send them a little to their headphones, 
but record it dry. Apart from eating memory and CPU 
power, reverb is notorious for masking pitch problems. 

electronic instruments 
Although instruments like electric guitars often sound 
better with the amp miked up, you can DI - or direct 
inject- any electronic instrument that can plug into an 
amp. You may find that in some instances, you'd like to 
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use a combination of DI and miked sounds. Be aware 
that if your instrument doesn't have a pre-amp, 
plugging directly into your Mac or mixing desk may not 
work properly because the impedances won't match. 
However, DI boxes can be very useful since they allow 
signals from either instruments, pre-amps or power 
amps to be used as recording sources without the 
usual hum and impedance mis-match. 

Miking amps isn't really all that difficult, but mic 
position relative to the amp speaker can make a big 
difference in overall sound. In your studio, don't use 
huge stacks of amps for recording. It's easier to get a 
good manageable sound out of a small combo and it 
will even produce a more natural overdrive when 
pushed then a massive Marshall stack. Close miking or 
DI-ed guitars tend to need a bit of reverb to give the 
illusion of space- but don't over-do it. 

Electric instruments like guitars can generate noise 
and hiss from the amp, which can create interference 
in your recording. Using the 'gating' function at the 
mixing stage, you can minimise this noise and maintain 
silence during pauses or between phrases. 

As far as your desired sound goes ... well, that depends 
on whether you're using electric instruments for heavy 
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metal or producing '80s 1V-theme-tune music. Plugging 
all your instruments in and getting a track laid down is 
relatively easy. \Vhat you do with it once it's recorded is 
the proverbial horse of a different colour. 

epilogue 
Steve Jobs, Apple's co-founder and current-sometime 
CEO, used to be fond of the Zen paraphrase 'The 
journey is its own reward.' Making music on your Mac 
can be the start of a beautiful journey that can take 
you nearly any place you can imagine. Using Cubase 
and the various other music tools available on the 
Mac can bring you a lot of personal and creative 
pleasure and can enable you to produce finished 
recordings that will easily stand the comparison with 
commercial or 'professional studio' jobs. However, 
don't forget that you are dealing with a lot of 
powerful and sophisticated stuff here and, as in 
cooking, sex or brewing Grolsch, the result is always 
bener and more satisfying if you don't rush things. As 

a musician, you'll already know that no maner how 
experienced you are, there's always something more 
to Jearn. The same is true when it comes to using 
your virtual digital studio. Sometimes the journey is 
far more exciting than the final destination - and that 
journey is what continues to keep music interesting 
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and alive no matter how many boy bands or 'pop 
stars' continue ro hog the charts. 

In Amonioni's wonderful film Beyond The Clouds, a 
girl in a Parisian cafe tells a stranger the scory of a 
group of explorers travelling through the jungle to find 
a lost Inca city. One clay, at the foot of a mountain, the 
porters simply stop and refuse to go any further. When 
asked why, they refuse co speak, and nothing can 
persuade them to go on. Mter a few days, the porters 
suddenly pick up their packs and carry on with their 
journey. When one of the explorers asks the chief why 
they had stopped, he simply replies, 'They were 
waiting for their souls to catch up.' So, enjoy your 
adventure, trust your ears and remember to stop once 
in a while to let your soul catch up. 
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housekeeping 

A fter you've put all that time and effort into 
recording and mixing your songs, make sure you 

save and back up your files regularly. Audio files are 
particularly large by nature and can quickly clog up all 
the available space on your hard disk. If you record 
audio regularly you'll probably want to back up your 
files onto another drive or onto removable media such 
as Zip or Jaz drives. Cubase, like most Mac programs, 
can read and write a variety of different file formats, 
which contain different types of information. Some file 
formats suppon specific Cubase functions and can be 
read only by Cubase. Others are designed for 
importing or exporting information between different 
programs, so being familiar with these different 
formats will help you decide which is the right option 
for saving, opening or moving your own music. 

Essentially, Cubase offers two main formats for you to 
use when deciding on how to save your music: the 
Song file and the Arrangement file. When you save a 
Song, your file will include: 
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All the arrangements 
The Audio Pool, including all audio settings and 
audio file references - but not the actual audio 
files themselves 
The entire Setup including settings in dialogues, 
menus, Groove Maps, Transport Bar settings, and 
so on - even Drum Maps 
All preferences that have the 'Save With Song' 
option activated 

Song files are good because they contain complete 
Audio Pool and other audio settings and can also 
contain more than one arrangement. Song files also 
save all your settings on all menus and dialogue boxes, 
and include Drum Maps. However, Song files do take 
up more disk space, even if you have only one 
arrangement in the Song. And while Song files contain 
all audio references, they don't contain the actual 
audio files. So, if you want to transfer a Song containing 
audio to another Mac, you'll need to move your audio 
files as well. 

When you save an Arrangement file, you will include: 

All the things you see in one Arrange window 
including the Tracks, the Parts, Inspector settings, 
tempo and so on 
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• The audio file references for your Audio Parts used 
in the arrangement 

You'll probably find that the Arrangement format is 
generally adequate for saving most of your music. 
These files take up little disk space, can be saved and 
opened in another Song and, when opened, 
Arrangement files don't affect settings in dialogue 
boxes or menus. However, these files don't contain any 
audio settings other than the audio file references used 
in the arrangement and will not give you a complete 
snapshot of the program's state. 

These file formats are called native files because 
they're designed for use in Cubase exclusively and 
generally can't be read by other programs. For 
example, although the Arrangement files and MIDI 
files both contain MIDI data, MIDI files can be read by 
other computer programs while Arrangement files 
can't. Only Import and Export files can be read by 
other programs. Other native files include Part files, 
which contain individual Parts, several Parts or Tmcks. 
When you save in this format, your required Parts must 
be selected or, if you don't select particular Parts, all 
Parts in the current Track will be saved. Part files 
contain Audio or MIDI Events and Audio Pans also 
include audio file references for these Events. This 
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makes it possible to import Audio Parts into other 
Songs without having to import their audio files 
separately in the Audio Pool. Additional file formats, 
which are more or less self-explanatory, include Drum 
Map files, Setup files, Window sets, Keyboard layout, 
Score set, and Preferences files. Like most Mac 
applications, native file formats are usually opened and 
saved using the Open and Save commands in the File 
menu. So, for example, when you choose Save As ... , 

your Song will be saved under whatever name you 
choose. If you've already saved your Song once using 
this option and then choose Save Song from the file 
pop-up menu, Cubase will save your song without 
asking for a file name or location and will simply over­
write your earlier version. 

Since MIDI files usually come in two formats (Type 0 
and Type 1) Cubase provides a MIDI file format for 
importing or exporting standard MIDI files. Type 0 files 
will always contain only one Track, which plays back on 
many MIDI Channels. Type 1 flles will contain your 
original Track structure and include two or more Tracks 
on separate MIDI Channels. 

Cubase also has an Autosave feature, which can be set 
in the General Preferences dialogue box. If you select 
this option, you can decide how often Cubase saves 
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your work automatically. There's also a Save Backup 
feature under the File menu, which enables you to 
save a backup copy of your current Song. What you 
get is a complete replica of the original Song with the 
same name, but with an additional number that 
corresponds to the number of backups you've made. 
Backup copies are normally placed in the same folder 
as your original files. Cubase also has a Revert To Save 
option, which restores the Song to your last saved 
version. Any changes you made since you last saved 
are lost. You can use this command as a way of 
undoing many changes at the same time. Save your 
Song, experiment, and if you don't like the results, 
revert to the last saved version. 

MP3 
MP3 files are compressed files that are popular for 
posting and exchanging music on the Internet. Even in 
version 5, Cubase won't let you play these back as 
such. However, if you import an MP3 file, Cubase will 
create a copy of that file and convert it ro WAV format. 
This converted file will be placed in the Audio Files 
folder you've selected for your Song from the Audio 
Setup menu (under Options). If you haven't specified 
an Audio Files folder before converting an MP3 file, 
you'll be asked to do so when you import it. just 
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remember that while MP3 is an efficient method of 
compression, the converted WAY file will probably be 
considerably larger than the original MP3 file - no 
matter how small it was. 

customising Cubase 
One of the great things about Cubase is that you can 
customise nearly the entire program to look, feel and 
work the way you want it to. Some of the things you 
can customise or personalise include: 

Preferences: this is a really good place to start since 
the various Preferences dialogues on the Edit 
menu contain many very useful functions that 
allow you to make Cubase VST look and behave as 
you want it to 
Key Commands, MIDI Remote and Toolbar: if you 
prefer to invoke commands from the computer 
keyboard or via MIDI, it's worth noting that a huge 
number of commands can be set up for key or 
remote MIDI control. You can connect any key and 
practically any MIDI message to any function. If 
you'd rather use your mouse, you can set up your 
own Toolbar which lets you use graphical buttons 
for all the same functions that can be accessed from 
the computer keyboard and via MIDI 
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Window Settings and Sets: you can move and 
change the size of the windows, open various types 
of windows, move dividers and set the 
magnification to tailor the windows to your needs. 
Saving this in the start-up Song will make the 
program appear as you want it. In addition to this 
you can create Window Sets that enable you to 
quickly switch between window configurations 
Tracks: you can create and name Tracks, set them 
to different Track classes and so on. For example, if 
you know you always want a Drum Track that plays 
on MIDI Channel 10, create it. A more advanced 
option is to prepare empty Folder Tracks, for 
example, for various sections in your orchestra. You 
can also rearrange, hide and resize Track columns 
Parts: you can even have Parts in your start-up Song 
that could, for example, contain libraries of often­
used drum patterns or riffs. Or, they could contain 
system Exclusive dumps of settings that load your 
instruments with certain sounds. Put the Parts on 
muted Tracks and drag them onto other Tracks 
when you need them 
Transport Bar settings: you might, for example, 
prefer to record in Replace Mode, or you might 
always want to Automatic Quantize your 
recordings. If you do, simply set this up on the 
Transport Bar 
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Editor settings and Drum Map: if you prefer certain 
settings in the Editors for loops, quantising and so 
on, set them up and save them with the start-up 
Song. A perfect candidate for customising is the 
Drum Map. This includes which Drum Maps to use 
and how they should be set up 
MIDI Track Mixer: you can modify the MIDI Track 
Mixer to include various 'custom Control Panels'. 
Preparing such maps and including them in the 
start-up Song enables you to access many 
important control functions in your MIDI 
instruments from the MIDI Track Mixer 
Mixer Maps: Cubase allows you to have up to eight 
Mixer maps loaded in a Song. You might, for 
example, have different 'editors' for various MIDI 
instruments in your rig 

audio settings 
There are a number of things you can prepare that are 
related to audio: 

System settings: mainly done to opumtse the 
number of audio channels, EQs and effects 
Initial mix settings, Channel naming, Effect settings 
and so on as found in the VST Channel Mixers and 
in the various Effects windows. This allows you to 
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start with a basic tracking set up every time you 
begin on a new Song 

• Audio buses, sends and so on. This is mainly for 
those of you using audio hardware with multiple 
outputs. Preparing this assures all outputs are used 
for their right purposes for every new project 

• The Pool window enables you to determine how 
you want the files and segments listed 

quantise settings 
If you have created a few favourite Grooves or made 
settings for Iterative Quantize, make these part of your 
start-up Song. 

timekeeping 
Do you want a click at all? Do you want to hear it via 
the computer speaker or via MIDI? How long do you 
want the count-in to be? All this is set in the 
Metronome dialogue in the Options menu. The MIDI 
System Setup dialogue, found in the MIDI Setup sub­
menu on the Options menu, contains information 
about your MIDI Interface (among many other things). 
Since you don't want to have to set this every time you 
launch Cuba'ie, you should save this setting in the 
start-up Song. If you have equipment that generates 
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MIDI data that you don't want to record, use the MIDI 
Filter dialogue found in the MIDI Setup sub-menu on 
the Options menu. 

sync 
Most often you 'II synchronise to the same external 
equipment - for example the tape recorder in your 
studio. By sening up the Synchronisation dialogue as 
you want it, activate Sync on the Transport Bar and 
save this with the stan-up Song, Cubase will 

automatically synchronise as soon as you hit Play on 
the tape recorder. 
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microphone magic 

W hen it comes to serious recording, you can never 
over-emphasise the importance of microphones. 

Microphones convert the sounds you hear into 
electrical signals that can be recorded. And, as 
mentioned earlier in the book, choosing the right mic 
for the musical genre at hand is critically important to 

getting the sound you want on your final tracks. No 
amount of EQ, compression or reverb can change the 
subtle signature that any particular microphone leaves 
on your audio tracks. 

So, how do you choose that perfect mic without 
buying and auditioning everything on the market? For 
a start, you could talk to other musicians and 
producers to find out what has worked for them in the 
past and what sort of mics they'd recommend. Reviews 
in magazines like Sound on Sound are always worth a 
look and before you start shopping around for 
anything, make sure you're familiar with the basic 
microphone 'families'. These include mics used for 
recording vocals and instrumentation. 
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To begin with, microphone pick-up patterns include: 

Cardioid 
Omnidirectional 
Figure-eight 
Stereo 

Microphone pick-up types include: 

Dynamic 
Condenser 
Ribbon 

We'll now take a look at these various pick-up patterns. 

cardioid 
A cardioid mic is more sensitive to sounds directly in 
front of it than to sounds 90 degrees off to either side. 
It's even less sensitive to sounds directly behind it. In 
fact, cardioid mics practically cancel pick-up of any 
sounds emanating from directly behind the mic. This 
makes cardioid microphones particularly useful for PA 
and live recording use, as well as the most popular 
choice for use in the usually imperfect recording 
environment of most home studios. To use a cardioid 
mic, simply aim the mic at the instrument you want to 
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record and the rest of the stage sound will be at least 
somewhat quieter than the desired instrument's 
sound. Most of today's popular microphones have a 
cardioid pick-up pattern. 

There are a couple of variations on the cardioid pick­
up pattern that are worth looking at. Supercardioid 
and hypercardioid mics are less sensitive to 90-degree 
off-axis sound sources than plain cardioids, meaning 
that they will do a much better job of rejecting sounds 
from off to the sides. However, hypercardioids do pick 
up some sound from directly behind the front of the 
mic, making them a little bit like a 'figure-eight'. 
Cardioid mics also exhibit a characteristic called the 
proximity effect. The closer a sound source is to a 
cardioid mic, the more the mic will accentuate that 
sound source's bass frequency output. This can add 
richness and fullness to a singer's voice or to a 
saxophone's sound, but it can also muddy the sound of 
a guitar amp or acoustic bass. When miking from a 
distance, cardioid mics have a tendency to sound 
somewhat thin in the bass when compared to 

omnidirectional mics. For this reason, cardioid mics 
are usually used for close-miking- with the mic placed 
less than 2 feet from the sound source - while 
omnidirectional or figure-eight mics are usually used 
when miking from further away. 
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omnidirectional 
An omnidirectional mic picks up sound equally from all 
directions. Omni mics tend to have very good bass 
response, withom the artificial low frequency boost 
provided by the proximity effect of a typical cardioid 
mic. Really good omnidirectional condenser mics are 
great at capturing a sense of 'open space' and 'air', 
which makes them the first choice for critical 
reproduction of acoustic instruments in good­
sounding acoustic spaces, like symphonic orchestras, 
vocal choirs, pianos, or string quartets in concert halls. 
You can also use omnidirectional microphones to 
'close-mic' an instrumem or vocalist without worrying 
about the artificial bass boost caused by a directional 
mic's proximity effect. 

Some of the highest-fidelity mics available are of the 
omnidirectional condenser type, such as mics from 
Schoeps, DPA (B&K) and Earthworks. 

figure-eight 
Figure-eight mics have the 'open' sound and good bass 
response of omnidirectional mics with the added 
advamage of rejecting sounds from either side of the 
mic. Since figure-eights pick up sound equally well from 
directly behind and directly in front, care should be 
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taken that you don't capture undesirable reflections 
from low ceilings or nearby walls. A good place to use a 
figure-eight pattern mic is when you need to cancel 
reflections from side walls in a narrow-ish room but you 
still want to capture a good sense of room ambience. 

Pick-up types in detail: 

dynamic 
Dynamic mics use a moving coil to sense the changes 
in air pressure that make sound waves. The wire coil is 
suspended over a permanent magnet and when 
moving air hits the coil, the air causes the coil to move 
over the magnet, which causes a process called 
electromagnetic induction to take place. This causes 
an AC voltage to be formed that is an electrical analogy 
of the original sound. The electrical signal that 
appears at the mic's output is a more or less faithful 
reproduction of the original vibrations present in air, 
only represented in fluctuating AC voltages instead of 
air pressure changes. 

small-diaphragm dynamic 
These are by far the most commonly used mics for PA 
and stage sound use. Dynamic microphones are 
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typically very rugged and don't require a voltage 
source to work properly. Cardioid-pattern, small­
diaphragm dynamic mics are most often used as 
handheld vocal mics, like the ubiquitous Shure SM58, 
or as instrument mics for stage use, like the equally 
ubiquitous Shure SM57. There are many other similar 
dynamic mics from companies like Audix, Electro­
Voice, Sennheiser and many others. 

large-diaphragm dynamic 
While similar to their small-diaphragm siblings, large­
diaphragm dynamic mics are typically used for very 
loud, bass-heavy instruments such as tom-toms, kick 
drums, and bass amp speakers. The larger diaphragm 
allows these mics to withstand much higher Sound 
Pressure Levels (SPLs) with ease, which allows low­
distortion reproduction of very loud instruments 
such as trumpets, trombones and amplified electric 
guitars. However, the larger diaphragm will also 
weigh more and has a higher moving mass, which can 
limit the high-frequency response and transient 
response of the mic. Some popular large-diaphragm 
dynamic mics include: 

Electro-Voice RE-20: a favourite of radio 
announcers and a good mic for kick drums 
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• Sennheiser MD-421: commonly used on tom-toms 
and hand percussion 

• Shure SM7: A large-diaphragm dynamic 
microphone used for broadcasters and voice­
overs, as well as for miking kick drums, brass and 
bass instruments. Similar to the E-V RE-20 

condenser 
Condenser mics capture sound using a conductive 
diaphragm with a capacitative, charged plate behind it. 
The charge is supplied by a DC voltage source like a 
battery or the 48-volt 'phantom' power supply present 
in most mixers and mic pre-amps. Air pressure changes 
meeting the conductive diaphragm cause it to move, 
which causes an analogous AC voltage to be formed in 
the charged plate. These tiny AC voltages are sent to a 
small pre-amp built into the microphone, which brings 
the signal level up to where it can drive a typical 
microphone pre-amp. The signal leaves the microphone 
through the cable and on to the microphone pre­
amplifier stage of the mixer. Because the diaphragm of 
a condenser mic can be made very thin and light, 
condenser mics tend to be more accurate and 'faster' 
than dynamic mics, especially in the midrange and 
treble frequencies. However, condenser mics tend to 
be more physically delicate than dynamic mics, so they 
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are more commonly used for studio recording rather 
than for live sound and PA. There are a few condenser 
mics specially designed to withstand the rough and 
tumble of stage use, like the Shure SM87. 

small-diaphragm condenser 
Small-diaphragm condenser mics have the best high­
frequency response and quickest transient response 
of all the commonly available microphone types. For 
this reason, small-diaphragm condenser mics are most 
often used as drum set overhead mics to faithfully 
capture cymbals and stick attacks, for acoustic 
stringed instruments like guitars and violins, and for 
percussion instruments like vibraphones, shakers, 
and marimbas. Another common use for small­
diaphragm condenser mics is as stereo pairs for 
ambient pick up of acoustic events in good sounding 
.spaces. The one downside to small-diaphragm 
condensers is that they tend to be noisier than other 
types of microphones. Popular small-diaphragm 
condenser mics include: 

Shure SM81: very flat frequency response; often 
used on acoustic guitars and as drum kit overheads 
Audio Technica AT-3528: a cardioid model that is a 
sort of 'poor man's KM-84' 
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• AKG C 1000 S: a good all-around budget favourite 
Neumann KM184: this is a truly professional 
recording mic 

• 

Oktava MC-012: from Russia, this is another mic 
that was made to be similar to the KM-84 but for a 
lot less money 
Earthworks QTC-1: another great professional mic 
with an extremely accurate response 

large-diaphragm condenser 
Since condenser mics are intrinsically more sensitive to 
higher frequencies, it's possible to combine the 
warmth and fullness of a large diaphragm with the 
high-frequency detail typical of small-diaphragm 
condenser mics into a single microphone. These large­
diaphragm condenser mics are the mainstay of 
recording studios everywhere, especially for recording 
vocals, pianos, horns and other acoustic instruments. 
Some older vacuum tube-based large-diaphragm 
condenser mics, such as the Neumann U47 and AKG 
C12, are collector's items prized for their sonic warmth 
and smoothly accurate reproduction of aural details. 
The 1960's vintage Neumann U87 is a PET-amplified, 
large-diaphragm mic that is more of a modern classic -
and well beyond the budgets of most home studios. 
Popular large-diaphragm condenser mics include: 
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• AKG CS 414 ULS: an industry standard for 
overhead drum miking and general use; provides 
choice of cardioid, hypercardioid, omni and figure­
eight pick-up patterns 

• AKG C 3000 B: a budget mic based on the design of 
the venerable CS 414. Cardioid only 
Neumann U87: the standard by which all others are 
judged; provides choice of cardioid, hypercardioid, 
omni and figure-eight pick-up patterns 
Neumann TLM 103: a new, lower-priced version of 
the famous U87. Cardioid only 

• Audio Technica AT-4033a: a fabulous microphone for 
the price. Cardioid only and great on saxophones 

ribbon 
When a wafer-thin, small aluminium ribbon is 
suspended between two mounting points inside a 
strong magnetic field, you get a microphone that is 
extraordinarily sensitive to vibrations in air. Ribbon 
mics can really capture the thump of a plucked 
acoustic bass or the subtle dynamics of jazz drums. 
Unfortunately, ribbon mics tend to be extraordinarily 
fragile. Blow on the ribbon the wrong way and you 
can stretch it beyond repair. Nevertheless, ribbon 
mics remain a favourite among well-heeled sound 
recordists everywhere. 
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Common ribbon mics include: 

RCA BX-44 and BX-77: the original classics 
Coles 4038: the standard in modern ribbon mics 
Beyerdynamic M-260: a budget ribbon mic; 
hypercardioid only 
Royer Labs R-121: a new ribbon mic design that is 
getting a lot of attention 

stereo 
If you combine two cardioid condenser elements into 
one chassis, you get a single-point stereo mic. Usually, 
this is an X-Y type where the two cardioid elements are 
pointed away from each other at a 90-degree angle. 
Some stereo mics are of the Mid-Side type, using a 
combination of a forward-facing cardioid element with 
a sideways-oriented figure-eight element, which allows 
for remotely controlled adjustment of the stereo image 
width. Popular stereo mics include: 

• Audio Technica AT-825 
Shure VP-88 
Crown SASS 

With so many on the market it won't surprise you that 
there are mics for both vocals and instruments ... 
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vocal mics 
Recording the human singing or speaking voice 
presents some seriously unique challenges. Most 
people prefer a heightened sense of presence on 
human voices, and will often also prefer a mild bass 
boost for added warmth. As a result, most 
microphones meant for recording or amplifying 
vocals have a specially tailored response 
characteristic. Dynamic vocal mics are designed to be 
extremely sturdy and produce as little handling noise 
as possible. They are also designed with a very tight 
cardioid or hyper-cardioid pick-up pattern, so that 
there is less 'bleed' from other instruments on the 
stage. As mentioned earlier, the standard mic of this 
particular type is the Shure SMS8. It can withstand 
very rough treatment and has very good feedback 
rejection, making it perfect for daily use on stages 
where amplified rock/pop!R&B/jazz bands play. The 
SM58 has a specially-tailored response that reduces 
bass pick-up from far away - minimising booming 
from the stage sound - but will boost the bass when 
the singer comes in close creating a big, warm sound. 
The SM58 also has a substantial peak in its response 
from about 2kHz up to about 12kHz, which adds a 
pleasant sheen and overall brightness to the sound. 
This helps vocals cut through a dense mix and 
increases clarity and intelligibility. 
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You can usually tell if a microphone is designed for live 
vocal use if it is equipped with a pop filter to protect 
the pick-up from blasts of air and explosive sounds. 
The Shure SM58 has a spherical metal screen pop filter 
that is lined with foam rubber on the inside. 

For recording vocals, most studios use large­
diaphragm condenser microphones like the Neumann 
U87 or AKG Cl2. Like stage mics, these also have a 
presence peak and proximity effect tailored to enhance 
the sound of the vocalist. However, because these 
large-diaphragm condenser microphones are meant to 
be used in the more controlled environment of a 
recording studio, they can have wider cardioid pick-up 
patterns, allowing for a more open sound. For 
recording a particular musical genre, you need to pick 
your microphones like a musician picks his 
instrument. For example, a 'darker' mic will help tame 
a high, shrill voice while a clearer, brighter-sounding 
mic will help the vocal cut through a dense mix. 
Unfortunately, there is no single best microphone for 
all situations - only a palette of good microphones 
from which you have to choose the right tool for the 
job at hand. The standard large-diaphragm vocal mic is 
the Neumann U87, although some prefer the vacuum 
tube-based Neumann U47. These microphones have a 
distinctive upper-midrange to treble/presence boost, 
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and a warm, rich bass-boost from proximity effect. 
Similar mics to the U47 and U87 are the AKG C12 and 
CS 414 ULS, which have the crisper sound 
characteristic of AKG microphones in general - which 
some producers love and others hate. There is an 
increasing number of less expensive versions of these 
microphones on the market today including mics like: 

R0DE NTlOOO 
Audio Technica AT -4033a, AT-4047 

• AKG C2000S, C3000B 
Marshall Electronics MXI..-2001-P 

• joe Meek Meekrophone 
Oktava MC-319 

When you use a condenser mic to record a vocalist, it's 
usually a good idea to hang a pop screen in between 
the vocalist and the microphone to keep loud 'p', 'b' 
and 'k' sounds from overloading the mic's pick-up and 
spoiling a take. You can buy these or make them out of 
an old pair of tights and a tea strainer. 

instrument mics 
When it comes w recording instruments, different 
priorities arise, depending on your musical genre and 
style. When recording acoustic instruments. the 
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microphone should be faithful to the original sound. 
However, instruments used in rock and pop music can 
be very loud and require a microphone that can 
withstand extremely high sound pressure levels 
without distorting. It is extremely difficult to make a 
microphone that is both sensitive enough to pick up 
the subtle nuances of a fine acoustic instrument while 
also being able to capture the brute force of a rock kick 
drum or guitar amp without overloading. Once again, 
there is no single best microphone for all situations, 
and it becomes necessary to choose the best tool for 
the job at hand. 

Dynamic mics are best for loud sounds such as a rock 
drum kit, guitar amplifiers and the close-miking of 
brass instruments. There are a select few dynamic 
microphones that are both rugged and have a smooth 
sound suitable for recording high-decibel musical 
instruments, but be aware that these are typically more 
expensive than dynamic vocal microphones and do not 
work as well as condenser types on instruments with 
complex high-frequency information. The Sennheisser 
421 and 422 and Beyerdynamic M88 are among the 
most widely used of this type of dynamic instrument 
microphone and the Electro-Voice RE-20 is also 
popular. The Shure SM57 is frequently used on snare 
drums, hand percussion (congas, bongos, timbales and 
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so on) and guitar amplifiers, but not usually for bass­
heavy instruments like a kick drum or electric bass. You 
will usually see dynamic microphones used for live 
stage performances, while condenser mics are more 
often used in the recording studio. 

When choosing a condenser mic, again, the type must 
be chosen to match the sonic characteristics of the 
source to be recorded. Orchestral instruments, acoustic 
stringed instruments and classical music ensembles will 
usually be recorded with sensitive condenser 
microphones with a relatively flat frequency response. 
It's generally acknowledged that small-diaphragm 
condenser mics such as those from DPA, Schoeps and 
Earthworks provide the most accurate response, while 
some prefer the pleasant-sounding colouration of the 
large-diaphragm Neumann M50 or similar. 

When recording an individual brass, wind or reed 
instrument for a pop or jazz recording, a large­
diaphragm condenser microphone such as a Neumann 
U87 or AKG CS 414 ULS will often be used. If recording 
a featured solo, the instrumentalist is treated similarly 
to a vocalist - the microphone may be chosen as much 
for its desirable colourations as for its clarity, warmth, 
headroom, lack of distortion and so on. Acoustic piano 
is treated in several different ways depending on the 
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style of music and the sound quality desired. For solo 
piano or classical music, the piano is usually miked 
from a considerable distance, with careful attention 
paid to the quality of room acoustics and the degree to 
which the microphones pick up the ambient sound of 
the room compared to the more direct sound of the 
piano. Often an X-Y stereo pair of condenser mics will 
be used. For rock, pop or jazz piano in a group, the 
piano will often be miked much closer, often with the 
lid closed and the piano isolated from the room sound 
with sound-absorbing blankets. For a robust, rich 
sound choose large-diaphragm condenser mics; for a 
brighter, clear sound choose small-diaphragm 
condenser mics. 

drum kits 
For rock and pop, the individual pieces of the drum kit 
are usually miked individually. This allows greater 
freedom in the mix-down phase to alter the sound to 
taste. As a general guideline, try the following: 

Snare drum: the most common technique is to 
place a Shure SM57 so that it picks up the sound 
from the batter (top) head. Sometimes a second 
microphone is placed underneath the drum to pick 
up the sound of the snare wires. The output from 
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this microphone may need to be reversed in 
polarity so as not to introduce phase cancellations 
with the signal from the top snare mic 
Kick drum: depending on the sound of the kick 
drum itself, a large-diaphragm dynamic mic such as 
an E-V RE20 may be placed close to the centre of 
the front head, or inside the drum if the front head 
has a hole in it or has been removed. 
Experimentation with placement will be necessary 
to achieve the desired sound 
Cymbals: in most cases a stereo pair of condenser 
microphones will be placed at least 2 feet above the 
kit to capmre the sound of the cymbals and the 
overall sound of the drum kit. Where it is desired 
to capmre the sound of the tom-toms with the 
overhead mic pair, it is usually best to use large­
diaphragm condenser microphones for the task 
(the AKG CS 414 works well here). If the tom-toms 
will be close-miked, it is usually best to u~e small­
diaphragm condenser mics so that the low mids 
don't build up to an unusable degree. Suitable 
small-diaphragm condenser mics include the AKG 
ClOOOS, Audio TechnicaAT-4041, Neumann KM-184 
and Oktava MC012 
Tom-toms: if desired, the individual tom-toms can 
be close-miked with large-diaphragm dynamic 
microphones such as the Sennheisser 421. Small, 
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clip-on condenser mics are also used (such as the 
Shure Beta 98). Take care to place the microphones 
so that they will not cause phase cancellations or 
introduce excessive bleed between tracks 

going retro 
In the 1950s and '60s, drum kits were often miked 
with only two microphones, one a couple of feet or so 
in front of the kit, the other a couple of feet overhead 
and pointed at the snare drum. Ribbon mics like the 
RCA BX-77 or Coles 4038 were often used, as well as 
the newer large-diaphragm condenser mics such as 
the Neumann U67. While you will not get a stereo 
spread with this set up, you can get a very accurate 
picture of the acoustic sound of the drum kit. This can 
be a very effective technique for making live 
recordings of jazz groups. 
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