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Á 2.1 When to use insert and when send/return 

Á 2.2 Integrating external hardware effect units in a DAW 

3. Effect Groups, Description and Parameters 
Á 3.1 Filters and EQs 

Á 3.2 Dynamic Processors 

Á 3.3 Modulation Effects 

Á 3.4 Ambience Effects (Reverb, Delay) 

Á 3.5 Saturation and Distortion Effects  

Á 3.6 Preamplifiers and Virtual Consoles 

Á 3.7 Tape Simulation 
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1 EFFECT PROCESSORS 

1.1 HARDWARE EFFECTS 

Hardware effect units can be based on analog, electromechanical, electromagnetic, digital or hybrid technology. 

1.1.1 ANALOG 

These effects use only discrete analog components to achieve the desired effect. They can be based on valves or solid-

state electronic components (capacitors, inductors, resistors, etc.)  

Examples: compressors (UREI 1176, Teletronix LA2A, Fairchild 670, etc.), EQs (Manley Massive Passive, NEVE 1073/1081 

EQ, Pultec EQP-1A/MEQ-5, etc.), bucket brigade delays (moog moogerfooger MF-104, BOSS DM-2, etc.), modulation Ef-

fects (moog moogerfooger MF-108, BOSS CE-2, etc.), distortion, etc. 

1.1.2 ELECTROMECHANICAL 

These effects use transducers to convert analog electrical signals into physical vibrations in mechanical components (plate, 

spring, etc.), then contact microphones or pickups to translate the signal back into analog electrical signals.  

Examples: spring reverbs (often found in guitar amps), plate reverbs (introduced in the late 1950s in studios, one of the 

most famous is the EMT 140). 
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1.1.3 ELECTROMAGNETIC (TAPE) 

These effects (mainly delays) are based on a tape loop. Sound is recorded on tape magnetically and then played back by 

two separate read/write heads. The distance between the heads and the speed of the tape define the length of the delay.  

Examples: Roland Space Echo RE-201, Maestro Echoplex EP-3 and EP-4, etc. 

1.1.4 DIGITAL 

The signal is converted from analog to digital, processed using DSPs (Digital Signal Processors), and then converted back 

from digital to analog. The DSPs run special algorithms designed to either emulate the function of analog and electroa-

coustic units, or to produce unique digital effects. The additional AD/DA conversion can introduce a small latency to the 

signal ς typically 1-2 ms ς which prevents the use 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 

plugin effect: DSP-based units sometimes use the same algorithms of their software plugins counterparts (for example: 

the Waves L2 Ultramaximizer is available both as hardware unit and as software plugin) and are not necessarily offering a 

better sound quality. 

Examples: digital reverbs (Lexicon 480L, EMT 250, Bricasti M7), digital delays (Lexicon PCM42, Roland SDE-3000, TC Elec-

tronic M350), digital limiters (Waves L2), multi-effect units (TC Electronic M2000) 

1.1.5 HYBRID 

These units use a combination of several processing principles.  

Example: a console using analog EQ and dynamics, with a digital multi-effect unit for delay and reverb effects. 

 

1.2 SOFTWARE PLUGIN EFFECTS 

Software plugins can be native or DSP-based.  

Additional information about plugin formats can be found here: http://www.digitalnaturalsound.com/images/ 

stories/fh_mma_courses/pdf/mg_digital_audio_formats_drivers_plugins.pdf  

 

1.2.1 NATIVE PLUGINS 

Native plugins use algorithms that run on the main CPU of the host computer; therefore, the processing power depends 

directly on the CPU performance (architecture, number of cores, clock speed) and RAM specifications. Upgrading the CPU 

to a faster model, the overall audio processing power increases as well. 

Typical native plugin standards are: 

Á Windows:  Direct-X, VST 2/3 (Virtual Studio Technology), ReWire 2, AAX (Pro Tools) 

 

Á MacOS X:  AU (Audio Units), VST 2/3, ReWire 2, AAX (Pro Tools), Logic native effects (Apple LogicPro), MAS 

  (MOTU Audio System for MOTU Digital Performer) 

http://www.digitalnaturalsound.com/images/stories/fh_mma_courses/pdf/mg_digital_audio_formats_drivers_plugins.pdf
http://www.digitalnaturalsound.com/images/stories/fh_mma_courses/pdf/mg_digital_audio_formats_drivers_plugins.pdf
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Figure 1: A rather large Cubase project, running over 100 high quality plugins (75 audio effects and 25 virtual instruments),  

with the host CPU load at around 40% (Intel i7-5930K CPU). 

 

1.2.2 DSP-BASED PLUGINS 

DSP-based plugins use algorithms that run on specific DSP processors, such as Motorola DSPs (like TC Power Core and Pro 

Tools TDM), Texas Instruments DSPs (like in Pro Tools HDX), or Analog Devices SHARK DSPs (like in Universal Audio UAD-2). 

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

DSP-cards to run.  

 

Figure 2: UAD-2 Octo DSP Accelerator as internal PCIe card (left) and external Thunderbolt unit. 



FH Salzburg MMA ς AUDIO: AUDIO EFFECTS ς Page 4 of 45 

Copyright 2001-2017 Michele Gaggia ς www.DigitalNaturalSound.com ς All rights reserved 

 

 
Figure 3: ProTools HDX DSP Board 

 

Some DSP accelerators (for example UAD-2 series) are available either as internal PCIe slot cards (that must be installed 

directly on the host computer motherboard) or as external units (connected through Firewire, USB2/3, or Thunderbolt). 

Some other DSP systems (for example ProTools HDX) are only available as internal PCIe slot cards. Because the current 

Apple MacPro (since 2013) features no internal PCIe slots, the card must be installed in a PCIe expansion chassis (for ex-

ample by Magma), adding more costs to an already expensive system. 

When using DSP-based plugins, the processing power mainly depends on the specifications and number of DPS installed. 

The host computer CPU also contributes to the overall system performance, as it must shuffle a large amount of data be-

tween the DAW application and the DSP card. On a DSP-based 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 when using Pro Tools with AAX DSP plugins + AAX native 

plugins; or when using Cubase with a combination of Native and UAD plugins. 

Typical DSP-based plugin standards are: 

Á Universal Audio UAD2   available to the host as VST/AU/RTAS/AAX plugins 

Á Pro Tools AAX DSP   Pro Tools HD 

Á Pro Tools TDM    older DSP based standard for Pro Tools (discontinued) 

Á TC Electronics PowerCore  available to the host as VST/AU plugins (discontinued) 

Á Creamware SCOPE   (discontinued) 

When DSP systemǎ ǿŜǊŜ ŦƛǊǎǘ ƛƴǘǊƻŘǳŎŜŘ ƛƴ ǘƘŜ Ω90s (for example Pro Tools TDM), the processing power of DSP-based sys-

tem exceeded that of the host CPUs and allowed running higher quality plugins (or a larger number of plugins) than on a 

native system. It also allowed to run a complete mix at extremely low latency, bypassing the operating system, drivers and 

computer hardware completely. 

Nowadays (2016) the processing power of modern computer CPUs such as Intel i7 or Xeon CPUs (especially versions with 6 

or more CPU cores) vastly exceeds that of DSP based systems such as Pro Tools HDX, UAD Quad/Octo, etc.  

A well configured high-end PC with a professional audio interface (for example: RME Fireface UFX, UAD Apollo, MetricHalo 

ULN-8/LIO-8) can also achieve very short I/O latencies (less than 1,5 ms), rivalling that of DSP-based audio systems (at 

least as long as the CPU load is not too high). 
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1.3 HARDWARE VS. SOFTWARE EFFECTS COMPARISON 

Until a few years ago, DSP-based units and software plugins could not match the sound quality offered by high-end analog 

units, for example state-of-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 analog classics virtually indistinguish-

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 other companies 

also offering faithful emulations of analog hardware, including Slate Digital (currently offering state-of-the-art emulation 

of analogue consoles, tape recorders, compressors and EQs), Brainworx, SPL, etc. 

All these new generation plugins are based on a technology called component modelling, where the algorithm does not 

Ƨǳǎǘ ǘǊȅ ǘƻ ŜƳǳƭŀǘŜ ǘƘŜ άǎƻǳƴŘέ ƻŦ ǘƘŜ ƻǊƛƎƛƴŀƭ ǳƴƛǘΣ ōǳǘ ǘƘŜ ǇƘȅǎƛŎŀƭ ǇǊƻǇŜǊǘƛŜǎ ƻŦ ŜǾŜǊȅ ŎƻƳǇƻƴŜƴǘ of the hardware.  

Because of this, every aspect of the original effect can be reproduced, including non-linear 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 the input/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 faithfully emulate, 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 interface of existing hardware effect, but offer instead modern and 

innovative sound processing paired with a unique graphic user interface, optimized for the screen.  

Among others, FabFilter with their excellent collection of Pro-Series plugins and Flux with the IRCAM Tools plugins. 

From a sound design or mixing perspective, it does not really matter if a specific effect is running on an external hardware 

unit (based on analog, electromechanical, electromagnetic, or digital processing) or on a software plugin that emulates 

hardware units: the way you approach the control and setting of the parameters is similar.  

The main difference is the interface: direct hardware control for the hardware units, and mouse/keyboard, touch-screen 

or external MIDI/USB controller for the software plugins. Ultimately, you can get great results with both.  

Depending on the situation, there might still be differences in sound between hardware and software effect units, as well 

as general advantages and disadvantages in usage. Also, while most effects can be realized both with analog components 

or DSP based units (EQs, Dynamics), there are some that can only be realized using DSP (for example: time stretching, au-

thentic sounding acoustic spaces, etc.). 
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HARDWARE VS. SOFTWARE EFFECTS COMPARISON TABLE 

 HARDWARE EFFECTS SOFTWARE PLUGIN EFFECTS 

Sound  
Quality & 
Character 

 

Professional hardware effect units (such as Lexi-
con, Quantec, Avalon Design, GM Labs, NEVE, SLL, 
API, Focusrite, etc.) usually deliver excellent sound 
quality, paired with a very subtle sound signature 
or character, that until recently was very difficult 
to replicate in digital form. 

While standard plugins (as included in popular 
DAWs such as Cubase, LIVE, Logic, etc.) are based 
on very simple digital algorithms and offer no par-
ticular sound character, there is nowadays a new 
generation of plugins based on component-mod-
elling that can faithfully replicate hardware effect 
units in software form, including non-linear be-
haviors, saturation, soft-clipping, etc. 

Controls  
& User  
Interface 

 

Hardware effect units offer direct physical control 
on most or all parameters: especially in analog 
hardware effects, each function has its own switch, 
knob or fader, hence more intuitive and comforta-
ble to use (and offering a pleasant tactile feed-
back), compared to software plugins using a tradi-
tional mouse/keyboard interface.  

This also allows simultaneous adjustment of sev-
eral parameters at once, which not possible with 
traditional mouse/keyboard interface. 

Generally, hardware effects motivate to work using 
the ears and feeling, and not using the eyes and 
thinking (you rather listen to sound changes, in-
stead of looking at plugin settings on screen). 

 

Software plugins sometimes offer a very informa-
tive user interface, that can provide useful infor-
mation unavailable in a hardware unit (for exam-
ple, a real-time spectrum 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 more 
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 Control, or Avid 
S3).  

This allows tactile feedback, simultaneous adjust-
ment of several parameters, and generally work-
ing in a more intuitive way, similar to using actual 
hardware effects.  

Cost Hardware units are expensive: for example, the 
Manley Massive Passive costs about 5.ллл ϵΣ a Bri-
Ŏŀǎǘƛ aт ǊŜǾŜǊō нΦулл ϵ and a working Fairchild 
стл Ŏŀƴ Ŏƻǎǘ ƻǾŜǊ млΦллл ϵ. 

They also require maintenance for a 100% error-
free operation. Servicing is expensive, as are the 
required replacement parts (especially valves).  

Software plugins are usually considerably cheaper 
than their hardware counterparts: for example, 
the UAD Manley Massive ǇƭǳƎƛƴ Ŏƻǎǘǎ олл ϵ ŀƴŘ 
the SlateDigital VerbSuite Classics reverb costs 
мур ϵΦ  

They also require zero maintenance; however, 
they do require updates to maintain compatibility 
with the latest DAW and OS versions. 

Studio  
Production 

Running a complete mix using only hardware ef-
fects requires huge investments: a studio console 
with enough channels for all signals, many external 
compressors and EQs, several reverbs and delays, a 
patch-bay, etc.  

Because nowadays a similar sound quality can be 
achieved using advanced digital plugins, some tra-
ditional recording studios have a hard time to sur-
vive, because they cannot offer their services at a 
competitive price while maintaining all the hard-
ware in perfect operating conditions. 

Software plugins allow small budget studios to 
complete a professional audio production in the 
digital domain using a so called virtual studio envi-
ronment for a fraction of the costs required in a 
traditional studio. Thanks to modern advances in 
plugin technology, this is possible without com-
promising in sound quality.  

The only things that cannot be easily emulated is 
the acoustic of a professional control room and 
(to a lesser extent), of a recording room. Which is 
why it still makes sense to produce (or at least 
mix and master) in a professional studio. 
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Reliability Hardware effects can be used independently from 
host applications and computers; hence they offer 
higher reliability, which is an important factor for 
critical applications (like live concert recording and 
mixing). 

Even DSP-based hardware units are very reliable, 
as they are based on a custom operating system 
stored in an EPROM, with just the functionality re-
quired and nothing more. 

Plugin effects run within of a DAW (Digital Audio 
Workstation: a computer running a HDR/MIDI se-
quencer applicationύ ŀƴŘ ƘŜƴŎŜ άŘŜǇŜƴŘέ ƻƴ ƛǘΤ ƛŦ 
the host application or the OS crash, so do the 
plugins; for this reason, it is not recommended to 
use them for critical applications.  

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

Number of 
Instances 

Each hardware effect unit can be used only once; it 
is not possible open another instance of a hard-
ware effect: you need as many hardware units as 
the instances that are required. 

Alternatively, the track must be bounced to an-
other track, including the effect (a process called in 
the early days άǇǊƛƴǘ ǘƻ ǘŀǇŜέύΣ ǘƻ ŦǊŜŜ ǳǇ ǘƘŜ ŜŦŦŜŎǘ 
for a new task. However, after the bounce it is not 
possible to modify the effect parameters anymore. 

Plugins are much more versatile: it is always pos-
sible to run several instances of the same plugin 
(until the DSP resources or the CPU of the host 
system have been maxed out), using a single 
plugin license. 

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

Latency &  
Monitoring 

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

onsider however that if you use an analog EQ, this 
will affect the signal phase, and phase cancella-
tion/boost can occur when recombining the unpro-
cessed (dry) and processed signals. 

Digital hardware effects, require AD/DA conversion 
and can have up to 2 ms latency. They should not 
be used for parallel processing. 

When using plugins, the latency depends on the 
audio interface, the audio driver, and the DAW 
software settings.  

Latencies under 2 ms I/O are possible (for exam-
ple with Pro Tools HDX systems, or very fast na-
tive systems), while 20-40 ms I/O are rather com-
mon. 

The latency is usually only an issue when record-
ing/monitoring directly through the DAW, or 
when performing software instruments (synthe-
sizers, samplers, etc.) in real time.  

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

During mixing, the latency can be set at a much 
higher value, as it is not so relevant anymore (the 
internal latency of plugins is compensated auto-
matically by most DAWs). 

Settings & 
Total Recall 

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

 

All plugin settings are saved automatically in the 
DAW project file. Additionally, most plugin types 
(VST, AU, AAX etc.) allow dynamic control of 
every parameter in real time using automation 
from the DAW; this makes it possible to execute 
complex dynamic mixes, morphing between dif-
ferent parameter settings, etc. 

Using  
Too Many 
Effects 

Eventually there are no free hardware effects left 
in the studio, so there is rarely the risk to use too 
many effects. 

As it is so easy and convenient to add plugins, 
there is sometimes the tendency to use too many 
effects in a mix. 
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2 EFFECT SIGNAL ROUTING 

2.1 WHEN TO USE INSERT AND WHEN AUX SEND/RETURN 

Depending on the effect category, the use of channel inserts (effect used only within one channel, ev. with mix control for 

dry/wet balance) or aux send/return (effect available from more channels, effect mixed with the dry sound) might be pre-

ŦŜǊǊŜŘΦ ¢ƘŜ ŦƻƭƭƻǿƛƴƎ ŀǊŜ ƴƻǘ ǎǘǊƛŎǘ άǊǳƭŜǎέΣ Ƨǳǎǘ ƎŜƴŜǊŀƭ ǊŜŎƻƳƳŜƴŘŀǘƛƻƴǎΥ 

Á Generally, Preamp or Console emulations, EQs, Filters and Dynamics (compressor, expander/gate, limiter, etc.). 

are used as channel insert (if stereo, also as master insert), to use specific settings for each track. 

Á Delays and Reverbs are usually used as aux send/return, to spare processing power and/or to make the same 

effect available on more channels. 

Á Modulation (Chorus, Flanger, Phaser, etc.) and Distortion effects can be used in both ways; if they are used as 

insert, you use the mix parameter to adjust the amount of dry and effect signal; otherwise you use the aux send 

to add processed signal to the unprocessed one. 

Note: Chorus, Flanger etc. usually work best at around 50/50 % dry/wet settings. Also, remember that if you use 

them as send/return, adding more effect will also make the track louder. 

Á There are of course exceptions, for example, Parallel Compression: you can send all the instruments of a drum-kit 

to the same group channel, then compress the hell out of it and add the output to the original unprocessed signal 

ς it sounds great! 

Á Important: when you use any effect as aux send/return, you should always make sure to have the mix 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 compensation, this can cause unpleasant comb filtering coloration)  

Á Most third-party plugins in programs like LogiŎ ƻǊ /ǳōŀǎŜ Řƻ ƴƻǘ ƴŜŎŜǎǎŀǊƛƭȅ άƪƴƻǿέ whether they are used as 

insert or aux send/return, so you might have to check that the mix parameter is set correctly (100% wet when 

used as send/return) 

2.2 INTEGRATING EXTERNAL HARDWARE EFFECT UNITS IN A DAW 

Cubase and other DAWs allow you to define a set of inputs and outputs to use as send/return channels for an external 

hardware effect unit. This can then be integrated in the mix like any other plugin (but of course can be used only once). 

Á You can adjust the Delay amount, Send and Return gain 

Á In the Return channel, you can finely adjust the stereo width with the separate pan controls on the L and R signal 

Á You can change the color of the effect sound with the internal EQ (works great on reverbs and delays!) 

 

Figure 4: Cubase 9: setup of an external hardware effect in the VST Connections; Delay, Send and Return gain controls. 
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3 EFFECT GROUPS, DESCRIPTION AND PARAMETERS 

3.1 FILTERS AND EQS 

3.1.1 SHELVING EQ 

Low and High Shelving EQs are 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 standard hi-fi amplifier, or car sound system. 

PARAMETERS 

Á Type: Low or High Shelving. 

Á Fixed-Frequency Shelving EQs only feature a Gain control (often found in budget mixers). 

Á Semi-Parametric Shelving EQs feature Gain and Frequency controls (often found in advanced mixer EQs). 

Á Full-Parametric Shelving EQs feature Gain, Frequency and Slope (Q) controls (often found in digital shelving EQs 

and special analog EQs, such as the Manley Massive Passive). 

Á Gain: controls the boost or cut amount (in dB). 

Á Frequency: sets the control frequency of the EQ (in Hz). 

Á Slope or Q: sets the steepness of the curve. 

Á Curve Type: simulates different types of shelving EQs (available for example in the Cubase Channel EQ). 

Á Many hardware mixers feature fixed control frequencies, typically set at 80 or 100 Hz for the low shelving EQ and 

10 or 12 kHz for the high shelving EQ. In this case, the only available parameter is Gain. 

 

Figure 5: Low Shelving EQ set at 80 Hz (+6 dB boost) and High Shelving EQ set at 12 kHz (+6 dB boost) ς FabFilter ProQ2 

If an instrument just sounds too dark and muddy, or too thin and harsh, 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 

A Peak EQ is used for accurate tone shaping, to remove or emphasize specific formants, to change the character of a 

sound, etc. It is the άSwiss Knifeέ of the sound engineer. 

PARAMETERS 

Á Fixed-Frequency Peak EQ only feature a Gain control (often found in budget mixers) 

Á Semi-Parametric Peak EQ feature Frequency and Gain controls.  

Á Full-Parametric Peak EQ feature Frequency, Gain and Bandwidth (Q) controls  

Á Some mixers have separate low-mid and hi-mid peak EQs, that cover different frequency ranges. 

Á Gain: the boost or cut amount (in dB). 

Á Frequency: the center control frequency of the EQ (in Hz). 

Á Bandwidth or Q: the steepness of the EQ curve. 

 

Figure 6: two Full Parametric Peak EQs set at 100 Hz (-6 dB cut) and 2 kHz (+6 dB boost), both with Q ǎŜǘ ǘƻ άмέ ς FabFilter ProQ2 

Tip: when you look for formants in an instrument or vocal part, first set a peak EQ gain to boost, medium Q, and sweep 

around searching for the desired frequency, until you can identify it.  

Now you can set the gain to cut, if you wish to remove the undesired formant, or to moderate boost, if you want to em-

phasize this format and help the instrument cut better through the mix, without altering the channel volume. 
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3.1.3 LOW-CUT AND HI-CUT FILTERS 

A Low-Cut Filter (also called High-Pass Filter) can be used to eliminate low frequency noise or vibrations (for example, me-

chanical noise transmitted through the floor to the microphone stand, or traffic noise). 

A High-Cut Filter (also called Low-Pass Filter) can be used on bass range instruments (such as bass drum or bass guitar), in 

order to remove high frequency noise (hiss); it can be used to soften an otherwise aggressive instrument, for example an 

electric guitar with distortion; finally, it can be used for special effects: low pass filters with resonance are very popular in 

dance and electroniŎŀ ǎǘȅƭŜǎ όǘŜŎƘƴƻΣ ǘǊŀƴŎŜΣ ŘǊǳƳΩƴΩbass, etc.). 

PARAMETERS 

Á Type: High-Cut or Low-Cut 

Á Cutoff Frequency: the control frequency in Hz, defined as the position at which the attenuation is -3 dB 

Á Slope (DE: Flankensteilheit): the steepness of the filter curve, expressed in dB/octave (6, 12, 18, 24 dB /oct) 

Á Resonance (synthesizer type filter) or Q (EQ): this parameter emphasizes the frequency range in proximity of the 

cutoff frequency, causing an artificial formant effect. 

 

Figure 7: Low Cut filter set at 50 Hz and High Cut filter set at 10 kHz ς FabFilter ProQ2 

 

3.1.4 NOTCH FILTER 

A notch 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 spectrum. It is extremely steep and must be used with caution. 

PARAMETERS 

Á Frequency and Bandwidth (Q) 

Á It is similar to a full-parametric peak EQ, but it always works in cut 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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Figure 8: a Notch EQ set at 100 Hz (with Q set to a moderate 5) and another Notch EQ set at 2 kHz (with a much narrower Q of 40) ς FabFilter ProQ2 

 

SOLID-STATE FULL PARAMETRIC EQ 

 

Figure 9: GML Model 9500 Mastering Equalizer (analog hardware) 

 

SOLID-STATE SEMI-PARAMETRIC DUAL-CHANNEL EQ 

 

Figure 10: API 550 Dual Equalizer (analog hardware) 


