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1 EFFECT PROCESSORS

1.1 HARDWARE EFFECTS

Hardwareeffect units can bebased oranalog electromechaical,electromagneticdigital or hybridtechnology.

1.1.1ANALOG

These effectsise onlydiscreteanalogcomponentsto achieve the desired effect. They can be basedalaesor solic
state electronic componentsc@pacitors inductors, resistors, etc.)

Examples: compressofdREI 1176l eletronix LA2AFairchild 670etc.),EQ9Manley Massive Passive, NEVE 10031
EQ PultecEQPLA/MEQS5, etc.) bucketbrigadedelays (moog moogerfooger MED4, BOSS DM, etc), modulation Ef-
fects(moog moogerfooger MEO8, BOSS CE, etc.), distortion, etc.

1.1.2 ELECTROMECHANICAL

These effects ustransducers to convert analog electrical signals into physical vibrations in mechanical components (plate,
spring, etc.), then contact microphones pickupso translatethe sigral back intcanalog electrical signals

Example: springreverbs (often found in guitar ampg)late reverbgintroduced in the late 1950s in studios, one of the

most famous is the EMT 140)
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1.1.3ELECTROMAGNETIC @AP

These effects (mainly delays) are based on a tape loop. Sound is recorded ondgpetically and then played back by
two separateread/write heads.The distance between the heads and the speetheftape define the length of the delay.
Exampls: RolandSpace Echo RID1,MaestroEchoplex EB and ERt, etc.

1.1.4DIGITAL

Thesignal is converted from analog to digital, processed uBi8B (Digital Signal Process), and then convertedack

from digital to analogThe DSPsun special algorithms designed to either emulate the function of anatmhelectroa-
cousticunits, or to produce unique digital effectEhe additional AD/DA conversion can introduce a small latency to the
signalg typically 22 msc which prevents the ws of these units for parallel processing (the processed signal would cause
comb filtering when recombined with the original signal).

From the working principle point of view, there is no conceptual difference between a hardware DSP unit and a software
plugn effect: DSPbhased unitssometimes us¢he same algorithmsf their software plugincounterparts(for example:

the Waves L2 Ultramaximizer is available both as hardware unit and as software plugiaje not necessarily offering a
better sound quality

Examples: digital revedfLexicon 480L, EMT 250, Bricasti M7), digiktédys (exicon PCM4Roland SDB00Q TC Elec-
tronic M350, digital limiters(Waves L2)multi-effect units (TC Electronic M2000)

1.1.5HYBRID

These unitause a combination aeveralprocessing principles
Example: a console using analog EQ and dynamics, with a digitakffedtiunit for delay and reverb effects.

1.2 SOFTWARE PLUGIN EFFE

Software plugins cabe native or DSPhased

Additional information about plugirofmats can be found herétttp://www.digitalnaturalsound.com/images/
stories/fh_mma_courses/pdf/mg_digital_audio_formats dnigeplugins.pdf

1.2.1NATIVE PLUGINS

Native pluginaise algorithms that run on the main CPU of the host compukerefore, the processing power depends
directly on the CPgerformance(architecture, number of cores)ockspeed) andRAMspecificationsUpgrading the CPU
to a faster model, the overall audio processing power increases as well.

Typical native plugin standards are:

Windows: DirectX, VSP/3 (Virtual Studio Technology), ReWireAAX(Pro Tools)

MacOS X: AU (Audio Units), VI3, ReWire 2AAX (Pro Tools), Logic native effects (Apple LogicPro), MAS
(MOTU Audio System for MOTU Digital Performer)
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Figurel: Arather largeCubase project, running ov&00 high quality plugins (7&udio effects and 25 viual instruments)
with the host CPU load at around%((Intel i75930K CPU).

1.2.2DSPBASED PLUGINS

DSPhased pluginsise algorithms that run ospecific DSP processossich asMotorola DSPgike TC Power Cosnd Pro

Tools TDM), Texas Instruments Bfike in Pro Tools HDQX) Analog Devices SHARK D@IRsin Universal Audio UAP).

They usually offer great stability and lower latency than most native systems, but at a higher cost, as they require special
DSPcards to run.

UAD-2 Satellite

Figure2: UAD2 Octo DSP Accelerator as internal PCle card (left) and external Thunderbolt unit.
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Figure3: ProTools HDX DSP Board

Some DSP accelerators (for example t2Ad@ries) are available either as inter&le slot cardshiat mustbe installed
directly on thehost computemmotherboard) orasexternal units ¢onnected throughrirewire, USB2/3r Thunderbolt).

Some other DSRystems(for example ProTools HDX) are only available as internaskCtmards Because the current
Apple MacPrdsince 2013jeatures no internal PCle slots, the card must be installed in a PCle expansion chassis (for ex-
ample by Magma), adding more cesban already expensive&ystem.

When using DSPased plugins, the processing poweainly depends on thepecificationand number of DPS installed.
The host computer CPU also contributes to the overall system performance, as it must shuffle a largeafrdata be-
tween the DAW application and the P&ard On a DSPBased system, to increase the processing power it is necessary to
purchase and add additional DSP accelerator units.

Both Native and DSP engines can be used together, for example wherPusiigols withAAX DSPlugins tAAXnative
plugins; or when using Cubase with a combination of Native and UAD plugins.

Typical DSBased plugin standards are:

Universal Audio UAD2 available to the host as VST/RITAS/AAXIugins
Pro Tools AAX DSP ProTools HD

Pro Tools TDM older DSP based standard for Pro Tddiscontinued)
TC Electronics PowerCore available to the host as VST/AU pludidiscontinued)
Creamware SCOPE (discontinued)

When DSP systein ¢ SNB T A NB& i 90syfaraXanple FSTROISATPM),iihé Sroc€ssing power oftizSEd sys-
tem exceeded that of the host CPUs and allowed running higher quality plugins (or a larger nunbgmsi) phan on a
native system. It also allowed to run a complete mix at extremely low tgtelypassing the operating system, drivers and
computer hardware completely.

Nowadayq2016)the processing powenf modern computer CPUsich as Inteil7 or Xeon CPUgspecially versions with 6
or moreCPU cordsvastlyexceeds that of DSP laksystemsuch as Pro Tools BDUADQuad/Octo, etc

A well configured higlend PC with a professional audio interface (for examRME Fireface UFX, UAD Apollo, Metalo
ULNS8/LIO8) can also achieve very short I/O lateEsfless thanl,5ms), rivallinghat of DSFbased audio systems (at
least as long as the CPU load is not too high).
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1.3HARDWARE VSOFTWAREFFECTS COMPARISON

Until a few years ago, D®Rsed units and software plugins could not match the sound quality offered byehiglanalog
units, forexample stateof-the-art EQs, Compressors, guitar preamps, etc. by brands such as GM Labs, Manley Labs, Ava-
lon Design, NEVE, SSL, API, Focusrite, etc.

Universal Audio (UAD) was one of the first companies achieving digital emulations of analogwtasaligsindistinguish-

able from the originals. In 2010 they introduced an emulation of the Manley Massive Passive mastering EQ (tube based),
followed by the 1176 series compressors, LA2A limiting amplifiers and Pultec EQs. Nowadays there are otheesompani
also offering faithful emulations of analog hardware, including Slate D{gitalently offering stateof-the-art emulation

of analogue consoles, tape recorders, compressors and B&shworx, SPL, etc.

All these new generation plugins are based dachnology calledomponent modellingwhere the algorithm does not

2dzad GNB G2 SYdZ I GS (GKS aaz2dzyReé 2F GKS 2 NdKtHehafdware dzy A GZ o d
Because of this, every aspect of the original effect can be repeatjuccluding nodinear behaviors, saturation, distor-

tion, analog clipping, etc.

UAD also pioneered the 100% faithful reproduction of vintage digital effects, running the exact same exact algorithms
found on the original units and then modelling thput/output amplifiers. Example: UAD Lexicon 224, EMT 250 and AMS
RMX 16.

SlateDigital recently launched the VerbSuite Classics, a plugin that uses advanced impulse/response and convolution
methods (based on licensed LiquidSonics technology) to faigrgaiulate, in a single plugin, the sound of several hard-
ware units (Lexicon 480L, Bricasti M7, AMS RMX 16, ETM 250, etc.)

Other companies do not try to emulate the sound or interfacexiétinghardware effect, but offemsteadmodern and
innovative soad processing paired with a unique graphic user interface, optimizethéscreen.
Among others, FabFilter with their excellent collection of-Besies pluginand Flux with the IRCAM Tools plugins

Froma sound design or mixing perspectiviedoes no really matter if a specific effect isnningon an external hardware
unit (based on analog, electromechanical, electromagnetic, or digital procéssiog a software plugirthat emulates
hardware unitsthe way you approach the control and settingtbé parametersis similar.

The main differencesthe interface direct hardware controlor the hardware units, andhouse/keyboardtouchscreen
or externalMIDVU B controller for the software plugins. limately, you can get greaesults with both.

Depending on the situation, there might still lokfferences in sounthetween hardware and software effect unitss well
as general advantages and disadvantages in usage. Alsomdsteffects can be realized both wiinalogcomponents
or DSP based usi(EQs, Dynamicshere are some that can only bealized using DSP (for examgleie stretching au-
thentic sounding acoustic spage<c).
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HARDWARE EFFECTS

Professional hardware effect units (such as Lexi-
con, Quantec, Avalon Design, GM Labs, NEVE,
API, Focusrite, etc.) usually deliver excellent sou
quality, paired with a very subtleound signatus

or character that until recently was verdifficult

to replicate in digital form.

Hardware effect units offer direct physical contro
on mostor all parameters: especially in analog
hardware effects, each function has its own switc
knob or fader, hence more intuitive and comforta
ble to use(and offering a pleasant tactile feed-
back), compared tsoftware plugins using @adi-
tional mouse/keybard interface.

This also allows simultaneous adjustment of sev:
eral parameters at oncayhichnot possible with
traditional mousékeyboardinterface.

Generally, hardware effects motivate to work usil
the ears andeeling and not using the eyes and
thinking (yourather listento sound changesn-
stead oflookingat plugin settings on screen).

Hardware units are expensivior example, the
Manley Massive Passive costs about 5. na Bri-
OF&adA at NEDSWaEkingHdirghildn
ctn OFy 02ai 2@SNJ mnodn
They alsaequire maintenance for a 100% error
free operation. Servicing is expensive, asthe
requiredreplacement parts (especially valves).

Runninga complete mix using only hardware ef-
fectsrequireshuge investmentsa studio console
with enough channels for all signals, many exteri
compressors and EQs, several reverbs and deda
patchbay,etc.

Because nowadays a slar sound quality can be
achieved usingdvancedligital plugins, some tra-
ditional recording studios have a hard time to sui
vive, because they cannot offer their services at
competitive price while maintaining all the hard-
ware in perfect operating contibns.

SOFTWARE PLUGIN EFFECTS

While standard plugins (as included in popular
DAWSs such as Cubase, LIVE, Logic, etc.) are b
on very simple digital algithms and offer no par-
ticularsound characterthere is nowadays a new
generation of plums based on componesod-
elling that can faithfully replicate hardware effec
units in software form, including nelmear be-
haviors, saturation, softlipping, etc.

Software plugins sometimes offer a very informi;
tive user interface, that can provide useful infor-
mation unavailable in a hardware unit (for exam
ple, a reatime spe¢rum analyzer paired with an
EQ curve).

However, editing parameters with the mouse is
not very comfortable, and looking at parameter

visualizations there is the danger of judging moi
with the eye, and less with the ear.

The usability of plugin effects and software syn-
thesizers can be greatly improved using a multi
touch pad or screen, or an external MIDI/USB
controller (such as the Mackie Contral; Avid

S3.

This allows tactile feedbacksultaneous adjust-
ment of seveal parametersand generally work-
ing in a more intuitive way, similar to using actu
hardware effects.

Software plugins are usually considerably chea|
than their hardware counterpast for example,
the UADManley MassivéJt dz3 Ay O2 & i
the SlateDigital VerbSuite Classics reverb costs
My p €@

They also require zenmaintenancehowever,
they do require updates to maintain compatibilit
with the latest DAW and OS versions.

Software pluginsallow small budget studios to
complete a professionaudioproduction in the
digital domain using a so oadl virtual studio envi-
ronmentfor a fraction of the costsequired in a
traditional studia Thanks to modern advances ir
plugin technology, this is possible without com-
promising in sound quality.

The only things that cannot be easily emulated
the acoustic of a professional control room and
(to a lesser extent), of a recording room. Which
why it still makes sense to prode (or at least
mix and master) in a professional studio.
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Hardware effects can be used independently fror
host application@nd computers; hencthey offer
higher reliability which isan important factorfor
criticalapplications Ifke liveconcert recording and
mixing.

Even DSBased hardware unitare very reliable
as they are based onaistom operating system
stored in anEPROMwith just the functionality re-
quired and nothing more.

Each hardware effect unit can be usewly once; it
is not possiblepen another instance of a hard-
ware effect: you ned as many hardware units as
the instances that are required.

Alternativdy, the track must béouncedo an-
other track, including the effeca process called ir
theearlydayst LINR Yy G G2 G LIS¢ 0
for a new taskHowever, after the bouce it is not
possible to modify the effect parameters anymor:

Analog effects have absolutetgrolatency. Paral-
lel processing (like parallel compression) is usual
not a problem and there is no risk of comb filter-
ing.

onsider however that if you use an analog EQ, tt
will affect the signal phase, and phase cancella-
tion/boost can occur when recombining the unpr
cesseddry) and processed signals.

Digital hardware effects, require AD/DA conversi
and can have up to 2 ms latency. They should n
be used for parallel processing.

Settings can rarely be saved (esfaly on analog
units) and are not recalled automatically when
loading a project in the DAW application; howeve
it is sometimes possible to save effects via MIDI
and change settings using MIDI program change
commands.

Eventually there are nfyee hardware effects left
in the studio, so there is rarely the risk to use toa
many effects.

Plugineffects run within of aDAW(Digital Audio
Workstation: a computer running a HDR/MKg+
quencerapplicationy ' yR KSy O0S «a
the host applicatioror the OSrash, so do the
plugins; for this reasorit is not recommended to
use them forcritical applications

On the other hand, someAWs (such as Ableton
LIVE) are optimized for live performance and of
several very reliable basic plugin effects.

Plugins are much more versatileis always pos-
sible torun several instances of the same plugin
(until the DSP resources or the CPU of the host
system have been maxed out)sing a single
plugin license.

Therefore,it is possible to use the same plugin ¢
several different tracks at the same timeith dif-
ferent settings, all accessible and modifiable in
real time.

When using plugins, the latency depends on the
audiointerface, the audio driver, anthe DAW
softwaresettings

Latencies under 2 ms I/O apossible(for exam-
ple with Pro TooldHDXsystems, or very fast na-
tive systems), while0-40 ms1/O are rather com-
mon.

The latency is usually only an issue when recor
ing/monitoring directly through théAW, or
when performing software instruments (synthe-
sizers, samplers, etdr) real time

A way to circumvent this is using tlEero Latency
Monitoring option offered in some audio drivers
and interfaces (for example RME) and rely on tt
audio interface avn mixer for monitoring.

During mixing, the latency can be set at a much
higher value, as it is nebrelevant anymore (the
internal latency opluginsis compensated auto-
matically by most DAWS).

All plugin settings are saved amatically in the
DAWproject file. Additionally, most plugin types
(VST, AUAAXetc.)allow dynamic control of
every parameter in real time using automation
from the DAW, this makes it possible texecute
complex dynamic mixesorphingbetween dif-
ferent parameter settings, etc.

As it is so easy ar@bnvenientto add plugins,
there is sometimes the tendency to us® many
effects in a mix.
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2 EFFECSIGNAIROUTING

2.1 WHEN TO USE INSERIDAWVHEN AUX SEND/RIEN

Depending on the effect category, the use of channsérts (effect used ont within one channel, ev. witmix control for
dry/wet balancé orauxsend/return (effect available from more channels, effect mixed with timg sound) might be pre-

FSNNBR® ¢KS F2ftft26Ay3 FINB y20 A0GNAOG aNMHzA Sa¢sx 2dzad ISy SN

A Generally,Preampor Consoleemulations, Bs, Filters and fnamics(compressorexparder/gate, limiter, etc.).
are used as channaisert (if stereo, also as master insert), to ugesific settings for each track.

A Delays and Bverbsare usually used asux send/return to spare processing power and/or to make the same
effect available omrmore channels.

A Modulation (Chorus, Flanger h@ser, etc.) andistortion effectscan be used in both ways; if they are used as
insert, you use thenix parameter to adjust the amount of dry and effesignal; otherwise you use thaux send
to addprocessedsignal to theunprocessedne.
Note: Chorus, langer etc. usually work best at aroub@/50 % dry/wet settings. Also, remember that if you use
them as send/return, adding more effect will also make the track louder.

A There are of course exceptionsy fexanple, Parallel Compressiogou can send all the instruments of a drikit
to the samegroup channelthen compress the hell out of it and add the output to the origingbnacessedsignal
¢ it soundsgreat

A Important: when you use any effect as asand/return, you shou always make sure to have thex parameter
set to 100%wet (only effect signal): no dry signal should be added back to the original signal (in case of systems
without bus delay compensatiotthis can causanpleasant comb filteringoloration)

A Mostthird-party plugins in programs like Lédi 2 NJ / dzo | & S R2 y®&hétheytSe@ &ciuad-ablh &
insert or aux send/return, so you might have to check that the mraip@ter is set correctly (100%et when
used as send/return)

2.2INTEGRATINBXTERNAHARDWAREFFECT UNSTN A DAW

Cubase and other DAWSs allow youdfinea set of inputs and outputs to use as send/return channels for an external
hardware effectunit. This can then be integrated in the mix like any other plugin ¢baburse can be used only once).

A You canadjust the Delay amount, Send and Return gain
A In the Return channel, you cdinely adjust the stereo width with the separate paantrols on the L and R signal
A You can change the color of the effect sound witle thternal EQ (work great on reverbs and delays!)

VST Connections - External FX

Stereo/Stereo Mo Link
nd Bus 1 | 5tereo ASIO Fireface USE

i-—o Left Analog 3 (1)

+-—o Right Analog 4 (1)
El- Return Bus 1| Sterzo ASIO Fireface USB

o Left Analog 3 (1)

“-—o Right Analog 4 (1)

Figured: Cubase 9: setup of an external hardware effect in the VST Connections; Delay, Send and Return gain controls.
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3.1 FILTERBND EQS

3.1.1 SHELVING EQ

LowandHighShelving EQare used for general tone correction, to adjust the balance of the low and high frequency
range; they work like the bass and treble controls on a standafdamplifier,or carsound system

PARAMETERS

Type Lowor High Shelving

FixedFrequency Shelving EQdy feature aGaincontrol (often found in budget mixers).

SemiParametric Shelving E@sature Gainand Frequencyontrols (often found in advanced mixer EQSs).
FullParametricShelvingeQdeature Gain Frequencyand Slope(Q) controls (often found in digital shelving EQs
and special analog EQs, such as the Manley Massive Passive).

Gain: controls theboost or cutamount (in dB).

Frequency sets thecontrol frequency of the EQin Hz).

Slopeor Q: sets the steepness of the curve

Curve Typesimulates different types of shelving EQs (available for example in the Cubase Channel EQ).
Many hardware mixers feature fixed control frequencies, typically set at 80 or 100 Hz for the low shelving EQ and
10 or12 kHz for the high shelving EQ. In this case, the only available param@tenis

WIDT Learn Zer hannel Made: — Left/Right fnalyzer:  Pre+Post

Figure5: LowShelving EQet at 80 Hz (+6 dB boost) and High Shelving EQ set at 12 kHz (+6 dB babBi)telProQ2

If an instrument justsunds toodark and muddy, or toothin andharsh it is often enough to adjust it with a low or high
shelving EQ, rather than using a peak EQ (that could also change the basic character of the sound).
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3.1.2 PEAK EQ

APeak EQs used for accurate tone shaping, to remove or emphasize specific formants, to change the character of a
sound, etc. It is théSwisKnife¢ of the sound engineer.

PARAMETERS

FixedFrequency €ak EQnly feature a Gain control (often found in budget me
SemiParametricPeak EQeature Frequencyand Gaincontrols.

FullParametricPeak E(eature FrequencyGainand Bandwidth(Q)controls

Sme mixers have separatew-mid and hi-mid peak EQs, that cover different frequency ranges.
Gain the boost orcut amount (n dB.

Frequencythe center control frequency of the E@ Hz).

Bandwidthor Q: the steepness of the EQ curve

MIDI Learn Zerg =1 hannel Mode:  LeftfRight

Figure6: two Full Parametric Peak E€et at 100 Hz-6 dB cut) and 2 kHz (+6 dB boost), both with @ (i § RabFdlter roQ2

Tip: when you look foformantsin an instrumentor vocal partfirst seta peakEQgainto boost medium Q, and sweep
around searchindpr the desired frequencyuntil you canidentify it.

Now youcan set thegainto cut, if you wish to remove the urekired formant, or to moderatboost if you wantto em-
phasize this format and helpe instrumentcut better through the mixwithout altering the channel volume.
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3.1.3 LOWCUTAND HICUT FILHRS

ALowQut Filter (also called HiglPass Filteryan be used to eliminate low frequency noise or vibrations (for example, me-
chanical noise transmitted through the floor to the microphone stamdtraffic noise.

AHighQut Filter (also called LowPass Filteryan be usean bass range instruments (such as bass drum or bass guitar), in
order to remove high frequency noishi§g; it can be used to soften an otherwise aggressive instrument, for example an
electric guitar with distortionfinally, it can be used for specidfects: low pass filters with resonance are very popular in
dance and electro@ & dé&f Sa 6 0GSOmsE2E) 6N yOSTI RNHzZYQy Q

PARAMETERS

Type High-Cutor LowCut

Cubff Frequency the control frequency in Hz, defined as the position at which the atteondt-3 dB

Yope (DE:Hankensteilheit the steepness of the filter curve, expressed in dB/octay&Z618, 24 dB /ocf)
Resonance(synthesizer typdilter) or Q (EQ) this parameter emphasizes the frequency range in proximity of the
cutoff frequency causing an artificial formant effect.

(o]
I

4 fabtilter prg.Qq2

= Left/Right

Figure7: Low Cufilter set at 50 Hand High Cutfilter set at 10 kHz, FabFilter ProQ2

3.1.4 NOTCH FILTER

Anotch filter is used to cut single frequencies out, for example a 50 Hz noise from a bad ground loop, without affecting
the rest of the spectrumlt is extremely steep and must be used with caution.

PARAMETERS

Frequencyand Bandwidth (Q)
It issimilar to a fulparameric peak EQ, but it always worksdat mode; the gain reduction can be as much as
36 dB and the Q is generally much narrower than in a peak EQ.
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_befiIT_‘(re_‘r_' Pro-Q2

Figure8: a Notch EQ set at 100 Hz (with Q set to a moderate 5) and another EQtslet at 2 kHz (with a much narrower Q ofdBabFilter ProQ2
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AL MODEL 9500 MASTERING EQUALIZER

Figure9: GML Model 9500 Mastering Equalizengloghardware)

SOLIBSTATE SENMARARMETRIOUAELCHANNEL EQ

FigurelQ: API 550 Dual Equalizanaloghardware)
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Meve
1073 DPX

Figurell: NEVE 1073 DPX Equalizeraloghardware)
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Figurel3: UAD Manley Massive Passive (plugin, emulating the original Manley hardware)
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3.2DYNAMIC PROCESSORS

All dynamic processors are basically automated volume controls, where the output level is depenéétheothe input
signal level, or a different control signaldechain).

3.2.1 COMPRESSOR

Themost commonCompressortype isthe upward compressoethat reduces the level of the signal bgetratio, once the
signallevelcrosseseyonda definedthreshold. Further parametersattack, release control how fast the compressor
reacts to changes in signal level.

A compressor can be used to:

control volume change$or example on vocals, to hefput through the mix, reducing the differences in level
between the loud and quiet parts)

limit the overall dynamic range of the sigril reducing the peaks (in mastering, using moderate threshold and
low compression ratios, so that it fits better on a medium withited dynamic range such as CD)

Fad | RS&&HMARE cRafBgd th©Daractérdf the soufrdm subtle toextreme(for example on bass
drum, or electric bass, with extreme threshold and high compression ratios), makimckir, punchief compact
and/or louder, or completelycrushingthe dyramics

PARAMETERS

Input: controls the level of the input signal

Threshold defines which part of the dynamic range should be compressed (all signals louder than the set thresh-
old); the lower you set the threshold, the larger portion of the dynamic rarege gompressed; usually set to
about-10 to-20 dB for most signals.

CompressionRatio: the amount of compression relative to input (for exam@el, means you nee@ dBat the
input for 1 dBmore at the output); ratios of:1or more can be used for vocalmetimes3:1 or more for ebass
or e-guitar;the ratio used on single drum instruments can also be high, but it is best to keep that on the drum
group moderate (2:1)unless youware looking for a special sound.

Soft or Hard Knee switch: controls whether the compression starts immediately after the signal has gone over
the threshold(at the set ratio) or whether the compression starts progressively already betweehresholdand
onlyreaches the set rativell beyond tle threshold(the soft knee usually sounasore musical)

Soft Knee dB valualefineshow many dBs before the signal hits the Thralsl does the compression start.
Attack Time: how fast does the compressor reacts after the signal has crossed the threaboally set shorter
for percussive sounds, howevarsetting of0 msshould be avoided on digital compressors as this would com-
pletely remove the attack portion of the signal); typicettengs are betweer? and 20 ns.

ReleaseTime: how long does the compssor take to return to the original gain, after the signal has dropped
again under the threshold level; typical settings 2620 200 ms or even longer for guitars and basgp to 1s).
Make-Up Gain, or output level: boosts the overall signal level and is used to compensate for thd@gtin
through the compression.

Mix or Dry Mix: mixes the original, uncompressed signal with the compressed signal, actpevailgl compres-
siondirectly in the corpressor, with the requirement of routing to a separate bus.
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Digital CompressorpistcompresE ( KSe@ dzadzr ffé& R2 y20 FTRR lyé aLISOATFAO ao0O2
sound, like for example valve or FET based analog hardware. Theyofféghtery fine control over the compressiaat,

the cost of sometimes offering too many parameters to tweak. Sometimes a simpler design can yield better results, as less
time is spent tweaking, and more actually making music.

Opto-Compressorare based m analog hardware and typically feature rather slow attack and release tiowes.of the
most popular OpteCompressors is the Teletronix-RA (laterre-issued as hardwarky Universal Audio).

VCAGompressorsare alsdbased oranalog hardware andsuallyfeature very fast attack and release times. A typical ex-
ample is the DBX 160, or the compressaduded in the dynamic section of large fornaatalog consoles by SSL, NEVE,
etc.

FETStyle Compressorare alsabased on analogardware and feature very & attack and release times. A typical exam-
ple is the UAD 1176 compressor.

DIGITAL COMPRESSOR

Default

w Default A>B Precise Stereo

KOTELNIKOV THRESHOLD MAKEUP
T : i Gain

Reduction

LOW FREQ RELAX ’ 7 dB ¥
5 s = o -

3.0 dB 1.0 dB
0.0 dB

Reference

Makeup

Threshald

Eatio

€1 Compressor

Figurel5: WAVES C1 Compressor (digital plugin
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FETSTYLE COMPRESSOR

ATTACK

1176LN LIMITING AMPLIFIER
UNIVERSAL AUDIO

Default

METER

i= 7 1176AE LIMITING AMPLIFIER
O ERtE UNIVERSAL AUDIO

Default
Default *

S

BLUE EDITION
FET COMPRESSOR

FG-116
Modern

[i]

FG-116
Yintage
[i]

1 2

CIRCUIT y | CIRCUIT

- 0 \ v (] HP :
SIDECHAIN ¥ SIDECHAIN

FG-116 FG-116

- VINTAGE - - MODERN -

Figurel8: SlateDigital F&16 Compressors: standard, vintage and modern (plugin, emulating three versions of the 1176LN original hardware)
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VCA COMPRESSOR

R/LIMITER

Default

NFUT OUTPUT

L meten ——

uap-2| =" |[& | DEMO (14 DAYS)
Figure20: UAD DBX 160 (plugemulatingthe DBXoriginal hardwarg

OPTOCOMPRESSOR

Default

" TELETRONIX /

ENGINEERING CO.

EMPHAS IS

L #
. I S S S — i S— — — S — C— — —— e .

uaD-2 |- |2 |

Figure21: UADTeletronix LA2Aopto-compressoiplugin, emulating the original hardware)
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3.2.2 LIMITER

Thelimiter is a special type of compressor that works with a Remde curve, infinite compression ratio and very fast
(theoretically undetectable) attack and release times.
You can use ib:

preventsignalclipping¢ usuallyplaced aghe last effect in the mastezhain(for example in mastering);
reduce in an undetectable way the level of short signal peaks and make the whole track louder without losing
perceived gnamics like with a compressor.

If you want the limiting to be more edttive, without reducing the perceived loudness, you should try to use sittartk
andrelease timeshowever, be careful: at extreme short settings, you might get heardibtertion on the signal transi-

ents. Too long attack/relase times should be avoided too: the limiting would not be very effective, as you would just get a
reducedoverall level and perceived loudness.

PARAMETERS

Input: controlsthe limiting amount (higher input levetsausethe limiter to work hardey.

ReleaseTime: like in a compressor, onlysually much shorter; sometimes auto releaseoption is available.

Output or Ceiling defines the maximum level of the output signal (typicediyl dBFS).

Some limiters might alsimcludea Saturator. it compresses angmooths the transients in a similar way to sound
recorded to a tape recorder. At extreme settings, this can cause some distortion, but it is musically more pleasing
than hard clipping the transients.

DIGITAL LIMITER

‘bl'aiﬂworx ) © Chan.Link Release  Output Dim

bx_limiter

RO RE 000
aurt | APOR AR AA TR EAA AT

Threshold

I Plugin Alliance
Figure22: brainworx bx_limiter(digital plugin)

PK-RMS Default

INPUT L&, OuTPn 04
a . = -2.34 dB
) ' Tl 21 - -5 -2 -3 B -5

—_—

-1 RELEASE ; ; W 0.00 8
. WETER o NP HoLo 3 i = TIERR

' =1
WaDE : - i - K12 k-2
i SIALE e hoRMAL LR K-14 = PE-RMS

Figure23: UAD Precision Limitédigital plugin)
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ULTRAMAXIMIZER

L1 Full Reset

Morrmal

— Input — — Thrashald — ~ Ot Criling - Releaze Atten
. —48 oo ¥ W=
] = 1000- =
- b=
= 12=
- = Crither
= Type 1
e 18=
= Shaping

Darmain

20 20
EE

L1 Ultramaximizer

Figure24: WAVES L1 Ultramaximizer with dithering section (digital plugin)

FETPEAK LIMITER

CEILING I OUTPUT CEILING.
B 5 ; .

Peak Reduction (d8)

JFET/MOSFET Analog Peak Limiter

Figure25: Pendulum Audio JFET/MOSFET Analog Peak Lemisdoghardware)

PASSIVEIMITER/CLIPPER/SRATOR

Figure26: Gyraf Audio Gyratec Infundibuludmiter/ Qipper/Saturator (analoghardware)
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3.2.3 TRANSIENT DERER

TheTransient Designeis a combination of upward and downward compressamd expandes, coupled with very easy
and intuitive controls.

It can be used to change the shape and character of percussive material such as drums assigetgopsat the same
time also affectinghe amount ofperceivedambience irthe recording

PARAMETERS

Attack: controls the level of thattack portion of the sound (more/less punch)
Sustain controls the level of thelecayportion of the sound (morkess ambience)
Output Gain controls the level of the output signal

TRANSIENT DESIGNER

P S AV A B S . .
& T : - B ciah ik
E 0. OO
e _ - 22 -

Figure27: SPL Transient Designer | Twin Tube Procdas@loghardware

Transient

Designer

Figure28: UAD SPL Transient Desigfmugin, emulating SPL original hardware)
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3.2.4 DEESSER

TheDe-Esselis a special kind of compressor that reacts only to the frequencies in the specific range of "S", "T" and other
consonantsifsually a range betweerd to 10kHz).

Thesingle bandrersions compss the complete signal, whiteultibandversionssplit the signal andnly compress the
selected frequency range, leaving the rasprocessed

Themultibandversion can also be used to control specific instruments in a mix (for exardpée, ltr snare) by setting
the frequency to the specififormantsof that instrument.

PARAMETERS

Frequency. the center of the control range frequency

Side @ain: the type offilter is used on theontrolsignal (low cut or peak)

Threshold the level from whichthe signakhouldbe compressed.

Mode: single band or multiband.

Monitor: audioselects thestandard effect output, whilside chai is used to listen to the filtered control signal
(to check if it matchsthe right frequencies).

ANAL@G DEESSER

14 = w2

g 20 16 642,
" | s/
1 L we | i FEMALE AcTvE
; | DAL cHANNEL s SOUND
= || AuTO DYNAMIC » L] u L PERFORMANCE
- DE-ESSER LABORATORY

Figure29: SPL Dual Channel Auto DynamieH3sergnaloghardware)

DIGITAL DESSER

Default

THRESHOLD " FREQUENCY .t WIDTH GAIN REDUCTION
B oo = LG -0 UG - |

== [F]

. = S = .\ -
|40 ab o [SPEED it 5 o SR i

<@ u-2/o- [[¢ |

Figure30: UAD Precision DeEsgdigital plugin)

3.2.5 EXPANDER/GATE

TheExpander/Gateis used to remove undesired, low dynamic level parts of a signal; example: to raézhilieg from
the different microphones when recording a drtkit, or to reducefemove noise between vocahrts.

PARAMETERS

Threshold the gate only opens when the si@grlevel is higher than the set threshold, efsesignal is sent to the
output.

Gain Reduction: a gate reduces the level too when closed, while an expander reduces the signal level by a set
ratio (ike a compressor, but inverted).

Attack Time: how long does it take fathe gate/expandeto open/increase the gairgfter a signateacheshe
threshold.

Hold Time: how long thegate/expander remains fully open.
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ReleaseTime: how long does it take for the gate/expander to gradually close/reduceyie, after the signal

levelhas droppedunder the threshold again.
High Qut andLow Qut in the side chaindefine which frequency range should control the gate/expander (exam-

ple: if you have a drum loop and want to isolate the snare only, you set tha@atact only do miehigh fre-
guencies, and very high peaks; if you want to isolate only the bass drum, it should react only to very low frequen-

cies, and high peaks).

DIGITAIEXPANDER

DIGITAIGATE

Figure32: Steinberg Gate (digital plugin)
ANALOGUE MODELED EXPER/GATE

|"p Uity net

w
@
=
=
-~
=
-5
=
=3

DECAY P FILTER

Figure33: Nomad Factory Blue Tubes Logical Gate Expandepk2gn| emulatinganaloghardware sounyl
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3.3MODULATION EFFECTS

Modulation effects can be used thicken upand addmovementandtextureto sounds that aretherwiseflat, static
and/or uninteresting for example, a simple synth pad with just one oscillator per voice sounds muctanitévelywith
added chorus or flanger.

Modulation effects can be used on acoustic and electric guitars, on vocals etc. to make thenttsokeda sort ofdou-
bling effectwithout re-recording the part). They do not sound very good on complex acoustic instrumigetpiéino) or
ensemlbies (like strings, brass, etc.).

With extreme settings, you can create special effects (especially with the flanger and phasetjtstaintiallychange the
character of theoriginal sound.

3.3.1 CHORUS

[ Futility

HIGHEG

.
PANNER

0 10 100
DEPTH RATE DEPTH

DEPTH

Figure34: Nomad Factory Blue Tubes Déalalog Chorus GBS plugin, emulatinganaloghardware sounj

A Chorusis based orthe followingprinciple the signal is delayed by one or more delay lines, then modulated in pitch by a
LFO (low frequency oscillator); finally, tbect signal is mixetbgetherwith the dry signa(usuallyabout 50/50, produc-
ing coloration due taComb FilteringA Chorus uses longer delay timisan the Flanger (typically ;50 ms)

PARAMETERS

Delay. the delayamountfrom the dry signal tahe modulated lines.

Speedor Rate: the speed of the LFO(s) that controls the pitch modulation; it can be synced to the song tempo
Modulation Depth how much does the signal modulates ab@and under the reference fgh.

Shapeor Waveform: defines thetype of the LFO waveforr(sine, triangle, sawtooth, etc.)

Stereo Width in a stereo chorus/flanger, it controls the spread of the delay lines istdreofield (how farleft

and right are they panned).

Mix: controlsthe balance between dry and effect signal.
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Mode 1 Stereo

~ mEET

< wn-2|=F [[¢ |
Figure35: UAD Roland Dimension D Chofpisigin, emulatindrolandoriginal hardware)

3.3.2 FLANGER

Default
MXR

-=. POWER FLANGER DUAL
— —-— -
=l DOUBLER SINGLE

<@ 2o~ [[¢ |

Figure36: UAD MXR Flanger (plugin, emulating originativare)

TheFlangemrinciple is similar to that aé Chorus: the signal is delayed by one or more delay lines, then modulated in
pitch by a LFO. However, a Flanger uses shorter delay times than the chorus (typically, less thavhiElmsauses more
pronouncedComb Filteringrtifactsand has the additional parametéeedback which feeds part of the effect signal back
into the effect unit, causing additional coloration.

PARAMETERS

A Sweep Width controls the delay modulation amount from the LFO, whictumg affects how high and low in
the frequency spectrum the comb filtering effect sweep will be hearable

A Sweep Speedcontrols the speed of the LFO modulation

A Regenor Feedbackcontrols how much of the processed signals is fed back into the effect unit (causing addi-
tional cdoration and a morelectronig liquid or blubbysound)

A Phaseor Invert: defines the phase of the delayed lines

A Mix: controls the balance between dry and pessed signal

3.3.3 PHASER

ThePhaserdiffers from the Chorus and Flanger, as it does not use traditional diekey but aHpass filters to just shift the

phase of the signal. When recombined with the original, unprocessed signal, it causes coloratiorColonb féltering

(similar to the borus and flanger, but more pronounced). Because there is no delay, the Phaser is better suited to process
sounds vith strong percussive character, like drums and percussion.
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100
DEPTH

Figure37: Nomad Factory Blue Tubes Analog Phaser2&plugin, emulatinganaloghardware sounyl

PARAMETERS

RateandMod. Depth: defines the speed and amount of LFO modulation

Shapeor Waveform: defines thetype of the LFO waveforr{sine, triangle, sawtooth, etc.)
Resonancer Feedback controls the amounof signal fed back into the effect

Color, Sweep FloorWidth and Ceiling controlthe color of the phaser effect

Mix: sets the balance between dry and effect signal

Output: controls the output level

8

PhaseMi Stress Analog Phase Shifter

NcY RESONANCE

&} soundtoys

MoD

’—STYLE—| ,—I'\"JDDLIL_-’\TJDN—|
STYLE EDIT

Figure38: SoundToys Phasestiiess (plugin, emulating analog hardware sound)

3.3.4 ROTARY SPEAKIEFSLIE)

Before the advent of analog and digital effects, Donald Leslie invented a special type of speaker cabinet withbatating
andhorn elements.These speakenmsere mainly usedn combination with Hammond Organs (an electromechanical instru-
ment).

The speed of the rotating elements can be set between ad@B0 rpm (chorale) an840-400 rpm {remolo). The rota-

tion causes the speakers to move closer and farther away from the listener, and hence a modulation of the pitch and color
due to the resultingdoppler EffectThe effect is somewhat similar to that of a Chorus, with an added modulation of the
highfrequency range (due to the horn alternatingly pointingctand away fromg the listenej.
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There have been several attempts to recreate the sound of a Leslie Speaker through analogue as well as digital effects, but
(so far)almost none can faithfully capre the uniquecharacter of the original device, because it also charpesacter
depending on the acoustic of the room the speakareplaced in.

PARAMETERS

Overdrive overloads the input section, adding color and distortion to the signal.

Slow / Fastdefines the speed of the rotation, separately for the Bass and Horn speaker elements.
Acceleration the time the modulation takes to change in speed.

Phase Angle Distance simulate the characteristics and positioning of the original speaker.

Mix: sets he balance between the dry and processed signal.

Angle Distance

]

Speed Mod vel . ‘

Automation

Figure40: Steinberg Rotary Speaker (digital plugin, emulating rotary speakerd)
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3.4 AMBIENCE EFFEQREVERB, DELAY)

Ambience effects armainlyused to adddepth of field dimensionand spaceto a mix,placing every instrument and vocal
element inavirtual acoustic space that fits its character fospecifianusicstyleandpiece. Theyan also be sed aspe-
cial effectsand sound design devices.

3.4.1 ROOM/HALREVERB

Digital Reverbsanwork on the principle oh mathematicalalgorithm, or be basedn impulse responses

Impulse Respons&everbs(also calledConvolutionReverb3 generate the reverb from impulse responses recorded from
realacoustic spaces (as well as from plate and spring reverbs, or other digital reverb units).

The simulation of real acoustic spacesch as roomsstudios,halls and churchgscan be s@onvincing that it can be al-
most undistinguishable from an actual recording done in the simulated spaegefore Impulse Response Reverbs are
the main choice when mixing classical music productions.

They caralso be used to simulateardwarereverbunits, such agligital algorithm reverbgplate or springeverbs;only

the most sophisticated impulse response algorithms include parameters to redreataodulation aspects of the algo-
rithm used in the original hardware (for examptateDigital VerbS@tClassics).

Themaindrawback is that the reverb parameters (reverb time, room size etc.) can orgjbsted within certain limits:
the basiacharacterof the impulse useds determined by the acoustic character of the original spacgevicerecorded
Examples: Steinberg REVeleation, AudieEase Altiverb, Waves IR1, SlateDigital VerbSuite Classics.

Algorithm BasedReverbsusecomplexmathematical formulas to simulate the reverberationa real acoustic space. The
model usually usesombination of earlyeflectionsand reverb taiblgorithms These reverbare usuallyeryflexible, be-
cause all parameters can be adjusfeekelyto fit the mix requirements.

They might not always sound as authentic as impulse response reverbs, whithtiey are mainlyused for
pop/rock/electronic productions, but not much for classical ones.

Exampls: Lexicon 224/300/480L, EMT250, Quantec Room Simulator, Quantec Yardstick, Steinberg Rodraieittes,
ProR, Valhalla Roonefc.

Plate Reverbsire based on a resonating metal plaehe analog electric signal is applied using transducers (electromag-

nets) to one end of the plate, then the resonances are captured by contact microphones on the other end. Using multiple
microphones, a stereo reverdan be simulatedWithin certain limits, a plate reverb can come quite close to the character

2F | aNBlFfé¢ NR2YD ¢KS@ | NB YI Ay {Bxamg ENRT 120y @2 Ol £ & YR RNX

Spring Reverbare based on a resonating spring. The analog elesityital is applied using a transducer to one end of the
spring, then the resonance is-oaptured using a pickup at the other enthis type of reverb, often found in guitar pre-
amps or cabinets, does not sound very realistic and has a strong characterisfic y i the/révérb tail, but it might still

fit well the sound of specific instruments (such as an electric guitar, or a Hammond orgarEyemple: ALG BX20

REVERB PARAMETERS

Pre-Delay. the time between the dr signal impulse and the firsarly eflections it simulates the distance be-

tween soundsource and reflective surfaces.

ReverbTime: the average decay time of the reverb, often definedRa$60 or the time it takes for the sound

pressure level to decay 60 ¢B 1/1000 of its former value).

Room Sze:the size of the emulated virtual space; it affects the basic frequencies of the room resonances; usually
fIF NBESN) alJ OSa RIWFR dinSc¢adidyf R WMHNB tad 2y Sao
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Room Shape the shape of the emulated virtual space; it affects the patterndratid spectral distbution) of

the room resonances.

Both sizeand shapeaffectthe characterof the reverb (smoothtough, ringing, diffuse, etc.).

Sereo Spreador Width: affects the spread of the reverb dgléines within the stereo field.

Density: the amount of reverb delay lines used; usually higreues produce a smoother decay.

High Cutand Low Qut Rlters: affect the bandwidth in thérigh and low frequency range; if you are trying to emu-
late a realistic acoustic space, the revetinuld ateady be cut at around-% kHz.

Low and High Frequency Dampingaffect the decay time of low and high frequencies in relation to the defined
reverb time;these parameters simulate the different absorption factors of typical construction materials such as
wood, brick, concretegurtains, etc.; in some reverbs theaterial type can be selected directly.

ERandReverb Level the level of thesarly reflectiorand thetail part of the reverb.

Dry/ Wet Balance adjusts the reverb level in relation to the dry signal.

DIGITAL ALGORITHMVERB

Default

EMTEZ2E0

Ragistar
odBa
-BdB
12d8

Front
& DNoisa

Raar
Dutputs

uaD-2 |- (@ |

Figure41: UAD EMT250 Digital Reverb (plugimulatingthe original hardware unit using the same algorithms)

300 pieimac errects svstem

Figure42: Lexicon 300 Digital Reverb (hardware)
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IMPULSIRESPONSE REVERB

0‘* = Default
et —  Default

VERBSUITE 0,
CLASSICS L : 3 7@R s JRCk

Output

Liquiﬂ :

Width

QUTPUT

Figure43: SlateDigital VerbSuite Classics (plugin, emulating several classic hardware reverb units including the Lexicon 480L)

time domain pictures

(@ steinberg reverence

Figured4: Steinberg REVerence Impulse Response ReMedir(pbased on impulse responses recorded in real acoustic spaces)
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PLATE REVERB

Default

' ' i B’ i Y 5 ™
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Figure45: UAD EMT 140 Plate Reverb (plugin, emulating original EMT plate reverb hgrdware

SPRING REVERB

Default

wet solo

Q
®

uap-2 (= |[@ |

Figure46: UAD AKG BXZpring Reverb (plugin, emulating the original AKG hardware unit)
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SOME TI® ABOUT USING REVERB A MIX
G A& NBO2YYSYRSR y2iG (2 dzasS (22 YdzOK NBOSNDZ | a Al
struments unclear), orjustsoih NJ G KSNJ a2f R Fl aKA2ySRé 6ftA1S &az2yvy$ f
that used a lot of reverb).
Avoid using many long reverbs: sometimes shorter reverbs work better; use also different reverb widths, do not
leave all in full stereo; generallyy to use different sound spaces with different characters (long, short, bright,
dark, wide, narrow, etc.); you can also use EQ on the reverb output (aux return) to further modify the reverb
character

Sometimes a delay may be used in place of arever: thii NI 01 éAff a2dzyR Y2NB G0N} ya

0S aSiG G2 0SS Ay aqaeyO¢ (2 GKS &az2y3a o6Srio

3.4.2 ECHO / DELAY

Delays producene or several repeatingchaclike reflections, with variable repetition patterns, amount and times. There
are several different typeof delays

Mono or Sereo Delay

PingPongDelay: the delay lines are croded L to R and R to L, creatingp@uncingeffect across the panorama.
Modulation Delay: can be used to creatChorus oFlangeitype effects

Tape Delay: based on a tape loop, nowadays emulated in digital plugins

DELAY PARAMETERS

Delay Time: usually separate values for L and R channels in stereo delays; time can be detdoands, or in

note values related to the song BPM (beat per minute) value;

Feedback feeds the effect output back into the delay line and controls the number of delay repetitions;
QossFeedback feeds the output of the L delay into the input of thel&ay, and \de versa, creating a szalled
ping-pongdelay;

High-Cutand Low-Qut filters: affect the bandwidth and hence the color of the delayed signal; it generally sounds

more interesting if the delay is not a 100% accurate copy of the dry signakKwhicl & | t g6 &8& G(KS Ol a

GFr3S¢ SljdzA LISy (o
Mix: adjusts the balance between delay and dry signal.

Some delays (like the PSP 84 shawirig. 48feature additional filters (with cutoff and resonance) to change the charac-
ter of the delay, or modulatio parameters to create choruand flange-type effects, as well as a reverb section.

DIGITAL MONO DELAY

lexicon
PSP 42

JELAY x5 15 i, EEP - b
EoBal  w  =lao sk Eo Bl Two Eomemel | @%je

Figured7: PSP Lexicon 42 (plugin, emulating the original Ledi2bardware)
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DIGITAL STEREO DELAY
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Figure48: PSP 84 Stereo Delay (plugin, inspired by the Lexicon 42 hardware delay)

REPEATER
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PRESET NAME

DELAY MODEL

Normal / Normal & MIDI

Figure49: SlateDigital Repeatafintage Modelled Delafplugin, emulating several classic hardware delay units)
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Figure50: UAD RR01 (software plugin, emulating original Roland hardware)
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Figure51: UAD ER4 Classic Tape Echo (plugin, emulating the original EcheB&and ER} hardware unis)

3.5SATURATION ANDSTORTION EFFECTS

3.5.1 OVERDRIVE, DGRTION

’

= devVvIl-10C aupio LEVEL D

&% soundtoys

CRUNCH

Figure52: SoundToys devibc distortion (plugin, inspired by the sound of analog hardware)

Overdriveand Distortion plugins simulate the saturatioand distortionof analog preampsgube guitar amplifiers and
speaker cabinets
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OVERDRIVE AND DIST@®™N PARAMETERS

A Input, Drive or Boost: controls the input stage, and how hard the amp is driven; hidgnegls produce more dis-
tortion.

A Output: at high drive levels, is used to compensate theutput level to avoid clipping.

A Toneor Color: adjusts the tonal character of the distortion; often this is just a low pass,fiit a simple combi-
nation ofbassandtreble controls

A Feedback simulates the feedback occurring between the speaker cabinet and the guitar strings;

A Satial: controls thestereo width

A Mix: balance betweenlistortedandcleansignal.

INIT - Driver

INIT - Driver

DRIVER

DISTO

Figure53: Native Instruments Driver Overdrive/Distorti@olugin, inspired by analog hardware)

3.5.2 GUITAR AMP PBAKER

Guitar amplifies can be valve or soldtate based. Traditionally, the sound of an overdriven or distorted electric guitar is
achieved overloading the input of the valve stage of the preamp.

PARAMETERS
A Gain controlsthe input stagedrive; higher values create more distortion
A Distortion Type Clean, Overdrive, Distortion, Crush, etc.
A Bass low shelving EQ
A Lo/Hi-Mid: low-mid and highmid peak EQ
A Treble high shelving EQ
A Presenceasortofda ! ANE TFAf GSNE Iyl rarig@to ackdeXeaniore gresendeKk S YA R
A Volume output level
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96 Oversampling: 4x

| Plugin Alliance

Figure54: Brainworx RockRack Guitar/Bass Amp (plugin, emulating hardware preamp and speaker cabinet)
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Figure55: Native Instruments Guitar Rig 5 with Rammfire Preamp+Cabinet (plugin, emulating hardware preamp and speaker cabinet)
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3.53 SATURATORS

These processors change the color and character to the sound, by adding different types of harmonics. Tteneféect
from very subtle &ddingjust somewarmth and characte) to extremedistortion. As the implementation of controls and
effects differs greatly depending on thmit, the parameters will be described for each effect separately.

VERTIGO VSBMIX SATELLITE

2nd Harmonic Fet Crusher | THD Mixer | 7 Yy MIX SATELLITE

-

| Plugin Alliance
Figure56: brainworx Vertigo VSM (plugin, emulation the original hardware from Vertigo)

This units exists both as hardware (Vertigo VMnNd software emulation (Vertigo VS It is acreative analog mix and
mastering tooldesigned to add color and character to the mix.

It offers M/S (Mid/Side) processing, blending and two sophisticated coloration generators.
PARAMETERS

Input and Output Level used to careful level match the sig) before and after processirand allow A/B compar-
ison without being fooled by differences in level.

2" HarmonicFET Crushesection the controls for the FET type section, that emuladeSlass A and triode tube
stage. It creates pure”®harmonics (octave), adding warmth and riclsseo the sound.

39 HarmonicZenerBlendersection: the controls for the valve type overdrive sectithmt emulates a pentode
valve into overload. It creates?harmonics, but also some higher order odd harmonics, depending on the
amount of drive. It mies thing sound brighter, brings out detail and adds a subtle compression effect.

Drive: controls the amount of drive and harmonic generation.

Level sets the output level of this section.

Input Filter. defines what frequency range is passed into the harimgenerator.

Shape this is a high cut filter designed to get rid of distortion byproducts and prevent a harsh and gritty result.
THD Mix this is a dry/wet control where you can mix between the unprocessed signal and the output of the har-
monicgenerator

Style defines the attitude and style of the harmonic generator, with a software or harder characteristic.

M/ LR/ S&lector: this switcheslefines if either M LRor S is sent to the harmonic generator.
Parallel/SerialSwitch:In Parallemode, the two distortion units work irparalld and the blend between™ and

34 harmonic is controlled by th&HD Mixercontrol. Serialoverrides the mix pot setting and routes the signal the
2" Harmonic stage first followed by thé?3Harmonic stage.
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SOWDTOYS DECAPITATOR

5 —— BN —peCAPITATOR —

ouUTPUT

24 pB
HIGH CUT

KHZ DARK BRIGHT 1 WHZ HZ

& soundtoys 1l — E—F—H— =

Figure57: SoundToys 5 Decapitator Saturator (plugin, emulating the saturation of analog hardware consoles such as API, SS), Neve, etc

The Decapitator is not really emulating a specific hardware unitrdtber the saturation and distortion characteristics of
several analog deviceg/hile not as flexible as the DSBAit does not offer M/S processing or selective frequency filters),
it can offer a wide array of coloration characteristics, from subtle saturation up to crushing distortion.

PARAMETERS

Style chooses the type of saturati distortion. A is modeled after thempex 350 tape drive preamp is mod-

eled after theChandler/EMI TG channél is modeled after thdleve 1057 input channel and P are modeled

after Thermionic Vultur€ulturetriode and pentode settings, respectiyel

Drive: it acts like an inpugaincontrol in an analog circuit. The harder the signal is pushed, the more it will satu-
rate. Athighersettings, it will start producing hearable distortiofhe manner how the audio will distort depends
on the circuit moelling style chosen.

Punish adds an extra 20 dB of gain to the input signal, producing more loud, distorted and even brutal results.
Low Cut removes low frequencielseforethey hit the saturation sectionlhunp adds a few dB of boost right at

the Low Cuffrequency (similarly to the resonance of an analog filter)

Tone an overall control for the color of the sound, from dark to briglat sort of tilt filter operatingoeforethe
saturation section.

High Cut removes high frequencies from the distorted sdyoperatingafter the saturation section. Th8teep
switch alters the slope of the High Cut filter: when it is OFF the filter is a very gentle 6 dB /oct rolloff, when it is
ON it becomes a supeteep 30 dB /oct rolloff.

Output: controls the output levelHigher drive settings can considerably increase the audio level emanating from
the Decapitator, the output control can be used to compensate for that and bring down the volume again.

Mix: determines the balance between the original audio and the sigradessed by the Decapitator.
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3.54 BITCRUSHEBUFFERVERIDEETC.

Figure58: Steinberg BiCrusher (digital plugin)
A BitCrusher artificially reduces the bit resolution and sampling frequency of a signal, making itsé@at ¢ 6f 26 TFA R
G SEGNBYS &aSdtiray3aazr GKS ReylFYAO FyYyR FNBIdzSydé NI y3IS | NB
become dominant factors in the sound character.
AoFA ¢ d2dzyR A& 2FGSy dza SR ’Jey(fonekayiple dith 'y inss Yehi®uteldbBonidadeic) OF £ &
BIFTCRUSHER PARAMRSE

A Bit Depth or Resolution: removes the information in the LSB (least significant bits) from the digital signal: for ex-
FYLX Sz aSdadAy3a GKS RSLIG kit anRthedynadmictrahge fo Gkiout 48KIB; adNaBesudt,f dzi A 2
0KS tS@St 2F (GKS aljdzr yGAT Ay3 y2A4aS8¢ A& AYyONBI&ASRT

A Downsamplingor SampleDividerY & A Ydzf F §S& | NBRdzOGAZ2Y Ay &b YLX Ay3a FNI
GARGKET Fa GKAA A & sifgagrs the sound dsoafeterizates/riuality diid to "Bliasing”
artifacts;

A Qip Mode andLevel: set level and type of clipping distortion;
A Output andMix: set the output level and the balance between effect and dry signal.

MIDI TRIGGER

+9.00

L MIDI RESET

[ TEmpo sYHC

8 | | | 3 Y N | o
LFD SHAPE LFD SHAPE
E E

DIVISOR LFD RATE CYCLES. O ! Coaaon BUFFER LFO RATE
H . s

DIVISOR LED DEPTH SIEE " BUFFER LFO DEPTH

Figure59: DestroyFX Buffer Override, simulating a sound driver not working properly and producing several urficeféelcts(digital plugin)
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3.6 PREAMBFIERAND VIRTUAL CONSOLES

3.6.1 PREAMPLIFIERS

Thepreamplifier is one of the mst important elements ithe analogue signal chaiptoday more than ever, as it is one of
the few remaining elements thatre analogue.

A preamp can be sup@lean, transparent and linear and offer virtually zero coloration to the signal (just boastirig or
line input signal as required), or it can featurgiatage desigrand add some specific color and character to the sound (in
form of subtle saturation, compression and change in frequency response).

Contrary to popular belief, a supetean andinear preamp does can capture all the information from the original signal
OYV20KAY3I Aa aft2ai0é60 6KAES GKS Ge@LAOlIE OKI NIrécorGingh aiAO 27F
through digital plugins. On the contrary, once the sidrad been processed by a vintage design preamp, the coloration

OFyy2i 6S aNBY2@SRé¢ |yeY2NBz a AdG 0S02YSa LINI 2F GKS a

Figure60: Audient ASB80 8Channel Mic/Line Preammvith vaiiable input impedancéhardware)

Figure61: UAD NEVE 1073 Preamp and EQ, UAD UA €t8amp and UAD UA 610 B Preamp (software plugins, emulating original hardware)
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