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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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MIDI Learn Zel =1 hannel Mode:  LeftfRight

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

SOLIBSTATEEULIPARAMETRIEQ

Figure9: GML Model 9500 Mastering Equalizandloghardware)

SOLIBSTATE SENMARARMETRIOUAELCHANNEL EQ

Figurel0: API 550 Dual Equaliz@naloghardware)
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