
EQ your Mix: How to Use an Equalizer in Mixing 
https://www.masteringbox.com/learn/mixing-with-eq-properly-eq-mix 

#mixing techniques#EQ#parameters 
Mixing with EQ properly and effectively is a dark art, and knowing how to use EQ 
correctly, when, and on which instrument is one of the hardest aspects of balancing a 
mix to make it sound as good as possible. EQ is one of the two fundamental tools used 
to make a recording sound livelier and more musical, alongside compression. Other 
elements like reverb and spatial effects are also very important. Before diving into 
those, though, knowing how to use EQ in your mix will be your first step toward 
achieving the best results. Here is an in-depth guide on types of EQ and their 
individual functions so you can prepare yourself for mixing with EQ. 
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Mixing With EQ Properly Has Many Benefits 
• You allow instruments to balance tonally by carving out spaces for them to 

coexist in the frequency spectrum. Imbalanced instruments will sound odd when 
played together—for example, a loud synth and guitar can’t occupy exactly the 
same areas of the frequency spectrum without clashing. Mixing with EQ allows 
you to shape the frequency spectrum in a musical way. 

• You open up a lot of headroom by cutting unneeded frequencies. Bass 
frequencies, in particular, will consume your headroom, essentially meaning less 
space for other sounds. This results in a muddy, undefined mix. 

• You can accentuate particular parts of a mix to make them louder, crisper, and 
more defined. 
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• EQ doesn’t benefit every situation equally. How you use EQ depends entirely on 
the source audio. 

Kick Drum 
It’s often sensible to start off with your kick tracks. Kicks are loud transients with lots of 
bass, and if left un-EQ’d, they’ll wreak havoc in your mix. Firstly, kicks aren’t just bass; 
they contain a lot of bass frequencies, some thumpy mid-frequency content, and some 
high-frequency content that gives a kick its airy punch. It’s best to start by high-passing 
around 25Hz—the sweet spot will depend on your bassline, but more often than not, 
having kick information below this point is relatively inaudible and occupies a lot of 
headroom. Mixing with EQ to remove excessive low-end is tempting, but try not to thin 
out your kick too much. 

 
Some kicks really need that high-end to help them punch through a mix. If you have a 
lot of frequency information from pads and percussion sitting in that same zone, that 
top-end will become somewhat lost. If you don’t need it, you can low-pass a kick 
around 2-4kHz. 
The mid-frequency part of a kick around 200-250Hz is commonly referred to as 
‘muddy’—these frequencies aren’t always that useful and are neither bassy nor punchy, 
so you can often cut in this area. 
Snares 
Snares, in particular, usually require mixing with EQ alongside other techniques to 
place them properly in the mix. A snare is a complex transient sound. It contains a lot 
of body in the mids and a lot of high-end, all occurring in a fraction of a second. Once 
again, tonal balance is needed, and we can often hone in on resonant frequencies that 
lie between 1-5kHz in order to eliminate some ring. If we then move down, we can 
often cut around 100Hz comprehensively to get rid of unneeded low-mids and bass. A 
notch around 400Hz can help balance your high-frequency cut. 

https://www.masteringbox.com/learn/mastering-eq-guide


 
Percussion And Tom-Toms 
Drums, percussion, and cymbals are complex in their frequency content. Often, there 
are plenty of mid and high frequencies coming from toms, room mics, and cymbals, 
which include a lot of transient sounds. Learning how to mix with EQ on your drums 
together will take time, but it’s really worth it to reveal their details while preventing 
them from clashing. Mixing whole percussion tracks or drum kits takes time to master 
and depends on how your material was recorded. Here’s an excellent guide on 
recording big drums from the outset. 
Cymbals 
Cymbals have plenty of content around 12-16kHz that keeps them sparkly and fizzy. It’s 
surprising how much bass can build up from percussion tracks or buses that feel 
decidedly high-end, though. Often, low-passing as much as you can is an easy way to 
keep them from clashing with pads and synths that sit in the mids. You wouldn’t want 
to take too much out, though, as this could make them scratchy and very thin. 
Sometimes, there are buildups in the super-high frequency part of a mix above 
16-18kHz, too. These are caused by stacking cymbals and percussion along with 
additional noise introduced from some plugins. Some like to just cut everything below 
18kHz—anything above that isn’t audible to everyone and can often be unpleasant. 
Bass Guitars 
It’s a similar story with bass, but be careful and concentrate more on tonal shaping than 
cutting large areas of a bass’s frequencies. This means using a spectrum analyzer to see 
where exactly your kick and bass guitars intersect so you can slightly notch your bass 
guitar track in that area. Mixing with EQ on the bass guitar depends on the high-end 
snappiness or the low-end bass you need for your mix. Boost the lows for more thud 
and boost the upper-middle frequencies for more snap and string volume. For more 
info, check this article on 3 steps to mix bass. 
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Guitar 
Mixing guitars is often intricate and a focal point of the mix. Not only that, but many 
mixes contain rhythm and lead parts. It can all get very tricky if you don’t know how to 
use EQ on your guitars carefully from the start. 
Firstly, no guitar should need bass information unless it’s a solo part or part of an 
acoustic song, and even then, frequencies below 90Hz are seldom required. Cut them 
out first, and then look at the 2kHz – 4kHz zone. This area dictates how much ‘shred’ 
your guitar has—the meaty area to which our ear is particularly sensitive. Boost it, and 
you gain emphasis, but too much will sound pretty horrible. Anything above 10kHz is 
hard to treat—remove too much to dull and tighten your guitar sound, and your guitar 
will lose presence in the high notes. 

 
Mixing with EQ on your guitar needs to be carried out in the context of your mix. Don’t 
do it in solo mode. 
Synths 
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Pads and synth sounds primarily target the mid-range. They often produce thick sounds 
with texture, impact, and a natural size and loudness. However, a very large pad sound 
that lacks EQ control can smother your drums. These sounds often contain low-end 
content that most music doesn’t need since kicks and bass occupy that range. High-
passing around 250Hz, or higher at about 350Hz, proves beneficial. Check the timbre 
of your pad or synth; if it sounds like you’ve shifted the pitch of the sound, you may 
have removed too many low harmonics. This is where tonal balancing becomes crucial, 
and mastering it is one of the hardest challenges—more on that later. 
In a nutshell, you need to refer back to your full mix and evaluate how your pad and 
synth fit in terms of tone, timbre, and pitch. If cutting low frequencies makes the sound 
appear too high in pitch, you should make a counter cut in the high-end or upper-
middle frequencies. This action balances your equalization, effectively balancing the 
harmonics. If you cut too much high-end and the sound feels too low in the mix, you 
will need to cut some low end to compensate. Mixing with EQ revolves around finding 
the sweet spots—if you end up with a mishmash of numerous small cuts and boosts, it 
may be best to start again. 
Basslines And Subs 
Basslines are tricky—do you cut the midrange to stop your kick from losing its thud? Do 
you leave mid and high frequencies in your bassline to maintain its presence? It’s a hard 
one… 
Firstly, it’s a good idea to drop ultra-low frequency content below 30Hz. Most sound 
systems don’t accurately produce much volume below this frequency, so it takes up 
more room in your DAW than is useful. Of course, some sound systems can handle it, 
and cinema sound systems make good use of this zone, but in music, it’s seldom 
needed. Many basslines have a thick and fuzzy area around 200-250Hz, and much like a 
kick, it can often be cut with beneficial results. Knowing how to use EQ on a bassline or 
sub will keep your low-end clean and clear when it’s pumped out of a sound system. 
Once again, when mixing with EQ on a bassline, it’s difficult to know how much low 
end to remove to clean it up. Usually, just concentrate on removing information below 
30Hz. 
When it comes to mixing subs and bass lines, EQ along with sidechain compression will 
yield the best results. 
Brass And Woodwind 
Brass and woodwind instruments can create huge sounds that are loud and impactful. 
Think about the sax solo in Baker Street, for which Raphael Ravenscroft famously 
received £27—it’s such a memorable riff. 
Brass and woodwind have tremendous warmth, with some boost in the 200Hz – 400Hz 
region in single mic recordings to bring it out. If you’re using multiple mics, then this 
isn’t always necessary, though, as the warmth and body will be captured sufficiently. Of 
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course, the type of woodwind or brass instrument greatly affects how to use EQ! There 
is never a one-size-fits-all EQ set-up. 
Vocals 
Arguably one of the most tonally complex elements of any mix is its vocals. Recording 
vocals  is also tricky and will change the sound depending on the microphone and 
positioning. Short vocal samples are obviously EQ’d differently to a full choir but the 
challenges remain similar as vocals sound unnatural quickly if they aren’t EQ’d properly. 
Knowing how to use EQ for vocal tracks depends on their focus. Are they for ambiance 
or do they drive the song? 

 
Start with a high-pass filter. Anything below 60Hz rarely benefits a vocal track. Some 
vocals can sound harsh, so treating the area around 2.5kHz to 4kHz serves as a good 
starting point to reduce this harshness. Often, compensating for this cut with a boost to 
frequencies above 6kHz can achieve brightness without introducing harshness. 
Cutting in the 1 – 2kHz zone smooths out the mix and removes vague mid-high 
frequencies. Finally, if you have a song that demands a very loud, large vocal part, 
boosting the bass from 200Hz to 600Hz injects energy into your vocal section. 
Most instruments occupy the middle or high part of the frequency spectrum. Our voice 
resides around 2kHz – 4kHz, making this area particularly sensitive for us. The mid 
frequencies extending up to that range constitute an extremely important part of the 
mix. A mix featuring full and controlled mid-frequency content will sound warm and 
full. Note in the diagram below that this region requires less volume to appear as loud 
to us; we are more sensitive to it, so it sounds louder. 
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Mixing With EQ: A Note On Tonal Balance 
Balancing EQs is difficult and you’ll need to listen carefully to your whole mix every 
time you make a change. You can’t just cut tons and tons of low-end from everything to 
free up head-room as your high-end will begin to sound thin and cluttered. Avoiding 
mixing mistakes,  including EQ issues  like this, is important. At the same time, cutting 
too much high-end from kicks and pads will dull your mix down and remove some of its 
presence. It’s between these interlinking factors that mix engineers find themselves 
spending a long time listening to a mix. The overlap between different instruments and 
their complex frequency ranges is tremendous! EQ is a heavily researched area of 
music production, there are hugely complex guides to it like this one on 
SoundonSound, if you want to delve into some serious audio physics. 
Start Slowly And Carefully 
If you add too many frequencies around the 2 kHz area to push some brightness into 
percussion, the sound begins to thin out, becoming tinnier and harsher. You then 
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compensate by adding some 100Hz to warm things back up, but you find that your 
mid frequencies disappear between the two boosts. Finally, when you boost around 
500Hz, the sound resembles how it started but feels a bit imbalanced and unnatural. 
This situation highlights how not knowing how to use EQ can lead to disastrous results. 
You cannot simply add and add to compensate for problems or deficiencies; the same 
applies to subtraction. When you cut above 10kHz to remove harshness, the sound 
becomes too bassy, so you cut below 200Hz, resulting in an overly mid-high sound—
then what do you do? You find yourself stuck! 
Conclusion 
If you find yourself in a situation where you’ve EQ’d many elements and everything 
sounds a bit off, just bypass or remove them all and start again. Follow these tips and 
remember: removing frequencies slowly and carefully usually yields the best results! 

Audio Compression Basics 
Learn how to add this essential effect for professional sound. 
Compressors and limiters are used to reduce dynamic range — the span between the 
softest and loudest sounds. Using compression can make your tracks sound more 
polished by controlling maximum levels and maintaining higher average loudness. 
Here are some compression basics, different compression types, and some tips to try 
on your tracks.  
 
Curious about file formats and compression in audio streaming? Be sure to check out 
Understanding Audio Data Compression. 

Why Compress? 
Compression can be used to subtly massage a track to make it more natural sounding 
and intelligible without adding distortion, resulting in a song that’s more “comfortable” 
to listen to. Additionally, many compressors — both hardware and software — will have 
a signature sound that can be used to inject wonderful coloration and tone into 
otherwise lifeless tracks.  
 
Alternately, over-compressing your music can really squeeze the life out of it. Having a 
good grasp of the basics will go a long way toward understanding how compression 
works, and confidently using it to your advantage. 

Audio Compression Explained 
Depending on which compressor you’re using, and whether it’s a hardware unit or a 
plug-in, there are some common parameters and controls used in audio compression 
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that you should be familiar with. Understanding each of the following controls will allow 
you to work comfortably with a wide range of compressors. 

Threshold 
The threshold control sets the level at which the compression effect is engaged. Only 
when a level passes above the threshold will it be compressed. If the threshold level is 
set at say -10 dB, only signal peaks that extend above that level will be compressed. 
The rest of the time, no compression will be taking place. 

Knee 
The “knee” refers to how the compressor transitions between the non-compressed and 
compressed states of an audio signal running through it. Typically, compressors will 
offer one, or in some instances a switchable choice between both, a “soft knee” and a 
“hard knee” setting. Some compressors will even allow you to control the selection of 
any position between the two types of knees. As you can see in the diagram, a “soft 
knee” allows for a smoother and more gradual compression than a “hard knee.” 

 

A “soft knee” allows for a smoother and more gradual compression than a “hard 
knee.” 



Attack Time 
This refers to the time it takes for the signal to become fully compressed after 
exceeding the threshold level. Faster attack times are usually between 20 and 800 us 
(microseconds) depending on the type and brand of unit, while slower times generally 
range from 10 to 100 ms (milliseconds). Some compressors express this as slopes in dB 
per second rather than in time. Fast attack times may create distortion by modifying 
inherently slow-moving low frequency waveforms (Ex. If a cycle at 100 Hz lasts 10 ms, 
then a 1 ms attack time will have time to alter the waveform, which will generate 
distortion). 

Release Time 
This is literally the opposite of attack time. More specifically, it is the time it takes for 
the signal to go from the compressed — or attenuated — state back to the original 
non-compressed signal. Release times will be considerably longer than attack times, 
generally ranging anywhere from 40-60 ms to 2-5 seconds, depending on which unit 
you’re working with. These can also sometimes be referenced as slopes in dB per 
second instead of times.  
 
Typically, release time should be set as short as possible without producing a 
“pumping” effect, which is caused by cyclic activation and deactivation of 
compression. For example, if the release time is set too short and the compressor is 
cycling between active and non-active, your dominant signal — usually the bass guitar 
and bass drum — will also modulate your noise floor, resulting in a distinct “breathing” 
effect. 



 

Set your Attack and Release controls to tailor the compression for your source and 
track. 

Compression Ratio 
Compression ratio specifies the amount of attenuation applied to the signal. You will 
find a wide range of ratios available depending on the type and manufacturer of the 
compressor you are using. A ratio of 1:1 (one to one) is the lowest and it represents 
“unity gain”, or in other words, no attenuation. These compression ratios are expressed 
in decibels, so that a ratio of 2:1 indicates that a signal exceeding the threshold by 2 
dB will be attenuated down to 1 dB above the threshold, or a signal exceeding the 
threshold by 8 dB will be attenuated down to 4 dB above it, etc.  
 
A ratio of around 3:1 is considered moderate compression, 5:1 would be medium 
compression, 8:1 starts getting into strong compression and 20:1 thru ∞:1 (infinity to 
one) would be considered “limiting” by most, and can be used to ensure that a signal 
does not exceed the amplitude of the threshold. 



 

This graphic illustrates how your compression ratio will affect the overall signal. 

Output Gain 
Although we perceive compressed signals as being louder, compression-induced 
attenuation actually lowers the output. This is where “output gain” or “make‑up gain” 
comes into play. You can use the output gain to “make-up” for the attenuation done by 
the compressor. Some compressors, such as the UA 175B & 176 Tube Compressors, 
provide meters that can be put into “GR” or “gain reduction” mode to visually indicate 
the total attenuation in dB, allowing you to accurately apply the correct amount of 
output gain.  
 
Hardware compressors achieve make‑up gain using either tube or solid-state 
components, which can influence the amount of color or “effect” applied to your track. 

The Big Four: Common Compression Types 
The type of compressor you choose will also play a large role in the overall sound of 
the effect. Some compressor types will have faster “attack” and “release” times than 
others, and some will have more “coloration” or “vintage” vibe based on the internal 
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components. This is a list of the four most famous compression types and a brief 
description of how they differ. 

1. Tube 
Probably the oldest type of compression is tube compression. Tube compressors tend 
to have a slower response — slower attack and release — than other forms of 
compression. Because of this, tube compressors exhibit a distinct coloration or 
“vintage” sound that is nearly impossible to achieve with other compressor types. 

 

The Fairchild compressor featured over 20 tubes and was a favorite of the Beatles and 
Motown. 

2. Optical 
Optical compressors affect the dynamics of an audio signal via a light element and an 
optical cell. As the amplitude of an audio signal increases, the light element emits more 
light, which causes the optical cell to attenuate the amplitude of the output signal. 
Perfect for nearly any source, the Teletronix LA-2A offers smooth limiting and uses a 
tube for its make‑up gain. 

https://www.uaudio.com/uad-plugins/compressors-limiters/fairchild-tube-limiter-collection.html
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3. FET 
FET or “Field Effect Transistor” compressors emulate the tube sound with transistor 
circuits. They are fast, clean, and reliable. The 1176 is perfect for vocals, bass, guitar 
and more. It’s also a popular choice for bringing out excitement in room mics. 

 

The very first FET compressor, the 1176 has been used by everyone from Led Zeppelin 
to Michael Jackson. 

4. VCA 
Fast and punchy VCA compressors run the gamut — from the Rolls-Royce compression 
of the SSL G Bus or E series used on the mix bus and instrument groups, to the hot-rod 
attitude of the legendary dbx 160, which can give a snare drum or electric guitar 
unrelenting character. 
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The SSL G Bus and E Series VCA circuits offer transparent flexibility. 

Compression Tips & Techniques 
Here are a few suggestions to get you up and running with compression. These are 
certainly not rules, but hopefully these techniques will help you feel more confident 
when using this extremely powerful, but easily misused recording tool. Have fun, and 
experiment. 
• It is a common practice and recommendation to apply “gentle” compression at 

different stages throughout the recording/mixing/mastering process, rather than 
applying excessive compression at just one point. 

• Always listen carefully while adding compression. Compression can negatively 
affect the timbre of an instrument. This can be simply due to the type of 
compressor being used, but often it’s the difference in tone between the peaks 
and the troughs of an instrument (if you reduce the peaks relative to the troughs, 
the tone will change). Fast compression on instruments with wide vibrato will 
demonstrate this effect. 

• Try starting with a moderate to medium ratio of between 2:1 and 5:1. Set your 
attack time to a medium-fast setting and your release time to a medium setting. 
Now, gradually raise the threshold until you’re getting somewhere around 5 dB 
of gain reduction. Then set your output gain to compensate for the 5 dB 
attenuation. Finally, speed up your attack time gradually until it gets noticeable 
and then back it off slightly. 



• Experiment with using dramatic compression as an effect. For example, it can 
sound really cool to use a compressor to really “squish” a clean guitar track, or 
“clamp down” a snare drum to make it stand out. 

• If you’re going to compress an entire mix, use caution. In many types of popular 
music, there will be a bass line with a fairly constant signal level. If you use 
compression to try to counter a loud peak — like a horn part — the entire mix 
will drop at that point, causing the bass line to dip and create the “pumping” 
effect mentioned above. You can avoid this by using a multiband compressor 
such as the Precision Multiband Compressor, which splits the signal into multiple 
frequency ranges, allowing you to compress them separately. 

As always, let your ears be the final judge. If it sounds good, it is good. 

What is a Limiter in Audio? When & How to use in 
Mastering 
https://www.masteringbox.com/learn/audio-limiter 

#mixing techniques#EQ#compression 
Mastering is the final step in the audio production process. After you’ve achieved a 
solid mix that balances all instruments, vocals, and other elements, you turn to 
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mastering to bring the entire track to a final state of polish. One key component of this 
stage is the audio limiter, a powerful process that ensures your track has both optimal 
loudness and controlled peaks. 
Many producers equate limiting with compression, but while they share some 
fundamental principles, a limiter is more specialized. A limiter’s job is to set a strict 
ceiling for your audio signal, preventing it from ever rising above a specified level. In 
this article, we’ll explore what is an Audio Limiter, when to use it and when not and why 
and how to use and audio limiter. We’ll also examine peak vs. RMS limiting, loudness 
normalization standards, and important features like look-ahead and true peak limiting. 
Finally, we’ll cover common mistakes and best practices so you can make the most out 
of your limiter in mastering. 
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What is an Audio Limiter? 
An audio limiter is a specific type of dynamics processor designed to prevent audio 
signals from exceeding a designated output level (often called the “ceiling”). Think of it 
as a more extreme version of compression: while a typical compressor might have a 
moderate ratio (e.g., 4:1), a limiter’s ratio approaches or reaches infinity:1. Any 
incoming signal that crosses the threshold gets clamped down immediately—ensuring 
peaks don’t go above that set point. 



 
Key Characteristics of a Limiter: 

• High Ratio (or Infinity:1) – Stops signals from passing the threshold. 
• Fast Attack – Reacts quickly to sudden transients to prevent overshoot. 
• Strict Output Ceiling – Maintains a “brick wall” so levels never go above the 

limit. 
Limiters are commonly employed in mastering because they allow you to maximize 
loudness without incurring digital clipping. By fine-tuning the threshold and ceiling, 
you can make a track sound louder and more polished without sacrificing clarity. 
When to Use (and When Not to Use) an Audio Limiter 



Understanding when to place a limiter is crucial for getting the best results. Properly 
applied, a limiter prevents clipping and achieves competitive loudness. Used poorly, it 
can lead to distortion and overly squeezed dynamics. 

When to Use 
• Final Stage of Mastering: Prevents overs that might arise from subsequent EQ 

boosts or stereo imaging, keeping the final output clean. 
• Protecting Against Overs: Safeguards your mix from digital clipping in 

broadcast, streaming, or live settings by enforcing a strict peak limit. 
• Competitive Loudness: Helps match commercial loudness standards while 

preserving audio quality and clarity. 
When Not to Use 

• On Every Single Track: Heavy limiting on individual channels can result in a flat, 
lifeless overall mix light “safety” limiting can be okay, but too much dulls the 
final sound. 

• Fixing a Bad Mix: Doesn’t rectify fundamental level imbalances or harsh 
frequencies; relying on limiting for such issues leads to pumping and distortion. 

• Early in the Signal Chain: Risks stifling dynamic flexibility and causing clipping if 
you boost levels later in the process. 

Why Use an Audio Limiter? 
Modern music production often demands a careful balance between loudness and 
clarity. An audio limiter is one of the most effective tools for achieving that balance, 
whether you’re trying to prevent clipping, increase perceived volume, ensure consistent 
playback quality, or meet specific streaming platform standards. By intelligently 
controlling the highest peaks, a limiter can elevate your mix’s loudness while preserving 
its musical detail and impact. Here are several key reasons why it plays such a vital role. 

 
• Prevents Clipping: Stops peaks from exceeding 0 dBFS and causing digital 

distortion. 
• Boosts Perceived Loudness: Controls transients so you can raise overall volume 

without losing clarity. 



• Ensures Consistency: Maintains impact and definition across various playback 
systems and environments. 

• Meets Streaming Requirements: Aligns your mix with LUFS standards on major 
platforms while preserving dynamics. 

How to Use an Audio Limiter 
Mastering the art of limiting isn’t just about knowing why you need it, but also how to 
set it up for the best possible results. Each control on a limiter—ranging from threshold 
and attack to release, knee, and adaptative behaviors—directly shapes how 
aggressively and how quickly the limiter reacts to incoming signals. Understanding 
these parameters allows you to precisely balance loudness, punch, and transparency in 
your final master. Below is a closer look at each control and how it affects the limiting 
process. 

Threshold 
Setting the threshold determines the decibel point at which limiting begins. Bringing 
the threshold lower results in more of the signal exceeding that level, which can 
achieve greater loudness but risks additional distortion if pushed too far. 

Attack 
Attack dictates how quickly the limiter responds once the audio surpasses the 
threshold. Although most limiters have near-instantaneous attack times to catch 
transients, some provide adjustable attack for a smoother or punchier feel. A slightly 
slower attack might let transients breathe, creating extra “snap,” but can also let peaks 
overshoot. 

 
Release 

Release defines how long the limiter sustains gain reduction after the signal falls below 
the threshold. Extremely fast release times can introduce distortion, especially in low-

https://www.masteringbox.com/learn/lufs-metering-system


frequency material, while overly long release can cause “pumping” or an overly 
compressed sound. 

Knee 
Knee influences how abruptly the limiting curve engages around the threshold. A hard 
knee immediately imposes a strict cap as soon as the threshold is crossed, which is 
typical for limiters. A soft knee smooths the transition, but pure limiters often default to 
a hard knee for maximum peak control. 

Adaptative or Auto Settings 
Some limiters incorporate features like auto-release or adaptive attack, adjusting their 
parameters in real time based on the input signal. This can be especially helpful in 
complex mixes, preventing harsh pumping or distortion when multiple transients occur 
simultaneously. 
Types of Audio Limiters 
Limiters come in different designs, each suited to specific tasks in mastering or post-
production. The two primary categories are full-band and multi-band limiters. 

Full-Band Limiters 
When using a full-band limiter, the entire frequency spectrum is processed together as 
one band. If any signal in the mix crosses the threshold, the limiter reduces the overall 
output level. This approach is straightforward and often sufficient for most mastering 
tasks, especially if the mix is already well-balanced. 

 
Advantages 
• Simpler to set up and calibrate. 
• Highly effective for uniform peak control. 
• Can maintain a natural, cohesive sound if the mix is not overly bright or boomy 

in specific frequency areas. 
Drawbacks 
• Offers no selective frequency control. If a loud cymbal crash triggers the limiter, 

the entire mix gets attenuated at that moment. 
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• May not fix frequency-specific issues that become apparent after you start 
pushing levels for loudness. 

Multi-Band Audio Limiters 
Multi-band limiters split the audio signal into two or more frequency ranges (bands). 
Each band gets its own limiter threshold and processing controls. 

 
Advantages 
• You can target certain troublesome frequencies, such as harsh high-end content, 

without affecting the rest of the mix. 
• Helpful if you discover that, after boosting loudness, a particular frequency 

range stands out more than expected. 
Drawbacks 
• Requires more detailed knowledge to set up effectively. 
• If used improperly, can lead to unnatural frequency balance or phasing issues. 

When to Choose Which? 
In most mastering scenarios, a full-band limiter is enough to achieve the loudness you 
desire. If, however, you spot a specific frequency range that’s triggering unwanted 
peaks, a multi-band limiter can act more precisely to reduce only that band. This can 
preserve the rest of the mix while controlling problematic transients in one region. 
Peak vs. RMS Limiting 
When we discuss limiting, we usually refer to peak limiting, which focuses on 
controlling sudden transients that could cause clipping. However, there is another 
approach: RMS limiting. 

Peak Limiting 
Peak limiting reacts instantly to the loudest point of the signal, clamping down on 
those quick transients (like a snare hit or a vocal pop). It ensures the signal never passes 
0 dBFS (or any chosen ceiling), preventing digital clipping. In mastering, peak limiters 
are extremely common, as they provide a safety net against overs. 

RMS Limiting 



RMS limiting measures the average loudness over a short window (commonly a few 
hundred milliseconds). Instead of catching individual peaks, RMS-based limiters bring 
down the overall level when it is consistently high. This results in a smoother, more 
“glued” sound, suitable for materials where you want to maintain consistent loudness 
without sudden jumps. 

When to Use Peak vs. RMS 
• Peak limiting is typically placed as the final stage in mastering. Its brick-wall 

characteristic protects the audio from overshoots. 
• RMS limiting or compression may be used earlier in a chain to even out the 

average levels before the final limiter. If a limiter offers a switch between peak 
and RMS modes, you might do initial shaping with RMS, then finalize with peak 
limiting to prevent any digital clipping. 

 
How Limiters Differ from Compressors 
Limiters and compressors both reduce dynamic range, but the extent and use cases 
differ significantly. Knowing these nuances helps you decide whether you need gentle 
compression or more aggressive limiting. 

Threshold and Ratio 
Compressors reduce volume when the signal crosses a threshold, applying a ratio that 
determines how strongly the signal gets attenuated. For example, a ratio of 4:1 means 
that if the signal goes 4 dB above the threshold, the compressor only allows 1 dB of 
that excess to pass. 
An Audio limiter can be thought of as a compressor with a very high ratio—effectively 
approaching infinity:1. Any audio that attempts to exceed the threshold is prevented 
from doing so. This creates a “brick wall,” ensuring your signal never surpasses the set 
level. 

Attack, Release, and Knee 



Both compressors and limiters have attack, release, and knee controls (though in 
limiters, the attack time is typically extremely short, sometimes near 0 ms). 
• Attack determines how quickly the processor reacts once the audio surpasses 

the threshold. 
• Release sets how long it takes for the limiter to stop applying gain reduction 

after the signal falls below the threshold. 
• Knee (found in many compressors) indicates how abruptly the compression 

starts. In limiters, the knee is usually hard, enforcing a strict boundary. 
Placing Limiters in the Mastering Chain 
In mastering, order matters. The limiter typically sits at or near the end of your signal 
chain, once you’ve finished all EQ, compression, and stereo imaging tasks. 

Final Stage Usage 
A common mastering chain looks like this: 
1. Corrective EQ – Address frequency problems like resonances or boomy bass. 
2. Compression – Gently reduce dynamic range or add “glue” to the mix. 
3. Tonal/Sweetening EQ – Fine-tune the musical balance, adding or removing 

certain frequencies to shape the overall color. 
4. Saturation/Exciters – Enhance harmonics or add subtle color. 
5. Stereo Imaging – Broaden or narrow the stereo field if needed. 
6. Limiter – Apply final loudness adjustments and set an absolute ceiling to prevent 

overs. 

 
By placing the limiter last, you ensure that no subsequent boost or processing will push 
the signal into clipping. For instance, adding a shelf EQ boost after your limiter could 
generate peaks beyond the threshold, defeating the limiter’s purpose. 

Multiple Limiting Stages 
Some mastering engineers use more than one limiter or a combination of a clipper 
followed by a limiter. The idea is to split the work: 
• A clipper or fast limiter might shave off the sharpest transients. 
• A secondary limiter then applies only a small additional gain reduction. 
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Dividing the workload can sometimes sound more transparent than forcing a single 
limiter to manage all peaks. However, this approach requires careful tuning so as not to 
over-process or flatten the transients entirely. 

Mix Bus vs. Mastering Limiter 
In mixing, some engineers place a gentle limiter on the mix bus to get a preview of 
“finished” loudness. If you do this, it’s wise to avoid over-limiting. Heavy limiting on the 
bus can mask mix issues and leave little headroom for the mastering stage. It’s 
common for mastering engineers to ask for mixes without bus limiters or with limiters 
only lightly applied. 
Loudness Normalization Standards 
In the past, the so-called “loudness wars” drove many engineers to push mixes to 
extreme levels. Today, major streaming platforms like Spotify, Apple Music, YouTube, 
and Amazon Music use loudness normalization to create a more consistent listening 
experience. They adjust each track’s playback volume based on perceived loudness, 
typically measured in LUFS (Loudness Units relative to Full Scale). 

Key Streaming Platforms 
• Spotify tends to normalize to around –14 LUFS. 
• Apple Music aims for about –16 LUFS. 
• YouTube also generally sits around –14 LUFS. 
• Amazon Music often uses –14 LUFS as well. 

Any material louder than these targets will be turned down by the platform, effectively 
negating the perceived advantage of pushing your master extremely loud. Conversely, 
if your track is significantly quieter than these targets, the platform may boost it, but 
only to the point where peaks remain free from clipping. 

 
Loudness Units and Targets (LUFS) 
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LUFS is a standardized measurement that better reflects how humans perceive 
loudness compared to standard dBFS meters. For most streaming-oriented masters, 
aiming for a level around –14 or –16 LUFS with a true peak ceiling of around –1 dBTP is 
common. This helps ensure your track sounds clean after encoding to lossy formats 
(like MP3 or AAC) and that it won’t be heavily attenuated. 
Common Mistakes and Best Practices 
Limiting is both a technical and artistic process. Mastering engineers aim to maximize 
loudness while preserving the track’s punch, depth, and dynamics. Below are key 
pitfalls to avoid and some guidelines to help you get the best result. 

Over-Limiting 
Pushing the limiter threshold too far in pursuit of maximum loudness can cause 
pumping and audible distortion. The track may lose its natural transients and become 
fatiguing. Given that streaming services will likely turn down an overly loud master, 
there’s little reason to crush it. Instead, aim for a reasonable loudness that retains clarity 
and dynamic range. 

Using a Limiter Too Early 
Engaging an audio limiter at the start of your mastering chain locks you into a loudness 
ceiling before you’ve applied EQ, compression, or other processing. If you then boost 
frequencies, you might cause clipping since the limiter has already done its job. Always 
ensure limiting is last or nearly last in the chain. 

Relying on a Limiter to Fix a Bad Mix 
A limiter can’t magically correct an unbalanced mix or fix harsh frequencies. If an 
instrument or vocal is too loud in the mix, hammering it with a limiter will create 
pumping and reduce everything else whenever that loud element appears. Always fix 
mix issues at the source if possible. 

Setting the Wrong Ceiling 
Setting the output ceiling of a limiter to exactly 0 dBFS risks inter-sample overs, leading 
to clipping in certain playback situations. Many engineers use a margin of –0.1 to –0.3 
dB if they are not enabling true peak limiting, or about –1 dB if they are focusing on 
streaming compatibility. If your limiter has a true peak mode, consider using it at –1 
dBTP for an extra safeguard. 

Not Listening in Context 
We naturally perceive a louder signal as “better.” Always match volume levels when 
comparing the limited signal to the unprocessed signal to make sure your decisions 
aren’t skewed by loudness bias. Some limiters include a gain match or unity gain 
feature; if not, manually adjust volume so you can accurately judge the sonic changes. 

Ignoring Release Settings 
In many modern limiters, release time can be set manually or left to an “auto” mode. A 
too-fast release can cause low-frequency distortion (the limiter “grabs” each cycle of a 
bass note). A too-slow release can cause the entire mix to duck for a moment after a 
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peak, creating pumping. Experiment with release settings or different limiter “modes” 
to find the most transparent result. 

Using One Limiter for Every Genre 
Different audio limiters, and even different algorithms within a single limiter, can excel 
in different scenarios. A setting that works great for rock might sound too aggressive 
for a delicate acoustic track. Test multiple limiters or modes to see which best suits the 
music at the required loudness. 

 
Conclusion 
An audio limiter is crucial for creating a polished, loud, and distortion-free master. By 
applying a strict ceiling to your output, it prevents unwanted peaks and maintains a 
controlled final level. However, limiters can easily be overused or misapplied, resulting 
in squashed dynamics, distortion, and listener fatigue. 
To use your limiter effectively, begin with a well-balanced mix and position it at the very 
end of the mastering chain to capture any final peaks. Consider a full-band limiter for 
general loudness management or opt for a multi-band limiter when specific frequency 
ranges require tailored attention. Pay close regard to whether you’re using peak or 
RMS limiting: peak limiters act as a strict “brick wall” for transient spikes, whereas RMS-
based options help regulate overall levels more smoothly. 
By keeping these best practices in mind, you’ll craft masters that not only meet 
loudness expectations but also preserve the full impact and nuance of your music. 
Always remember that limiting is as much an art as a science: it rewards careful 
listening and thoughtful decision-making at every stage. 



Audio Gain Explained: Gain Staging & Input Gain Tips 
https://www.masteringbox.com/learn/audio-gain 

#mixing techniques#plugins#digital audio 
Audio gain is a core concept that every musician, audio engineer, and producer must 
understand. At its simplest, audio gain refers to the amount of amplification applied to 
an audio signal. Gain settings affect how loud or soft a sound source is captured, 
processed, and ultimately heard. This article offers an in-depth exploration of audio 
gain, starting with basic definitions and moving into more advanced details relevant to 
music production, live sound, and broadcasting. We’ll also discuss practical techniques 
and best practices for achieving clear, distortion-free audio. 
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What Is Gain in Audio? 
Audio gain is the ratio by which an audio signal is increased (or decreased) in 
amplitude. If you picture an audio signal traveling through a device, the gain is how 
much that device boosts or reduces the signal. We measure gain in decibels (dB), a 
logarithmic unit that helps manage the wide range of intensities in audio work. 
Every microphone, audio interface, or mixing console channel has a point where gain is 
applied. For instance, if you plug a dynamic microphone into a mixing console, the 
preamp gain knob controls the amount of boost the mic signal receives before it travels 
further down the audio path. In a guitar amplifier, the “gain” knob determines how 
hard the preamp section drives the amplifier, affecting everything from the overall 
loudness to the potential for distortion. 
Decibels and Why They Matter 
Decibels (dB) are central to understanding gain. Because decibels follow a logarithmic 
scale, a small change in dB can correspond to a large change in signal strength. Here’s 
a simplified breakdown: 
• +6 dB approximately doubles the voltage level of a signal. 
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• +20 dB represents a tenfold increase in voltage. 
• 0 dB indicates no change (“unity gain”). 
• Negative dB values mean the signal is attenuated rather than amplified. 

Since audio involves wide dynamic ranges—soft whispers to thunderous drums—using 
a logarithmic dB scale keeps signal measurements manageable. When the term 
“decibels” is used in mixers or DAWs, it often refers to either dB relative to full-scale 
digital audio (dBFS) or dB relative to some analog reference level like +4 dBu. For 
digital audio, 0 dBFS is the maximum allowable peak; anything above 0 dBFS can clip. 
In analog gear, 0 dB might be mapped to a “standard operating level,” leaving some 
headroom above that reference point. 
Gain vs. Volume: The Crucial Difference 
Though the terms “gain” and “volume” may seem interchangeable, they have distinct 
roles: 
1. Gain typically refers to the input level. For instance, it can describe how much 

you boost the signal coming from a microphone or instrument. In other words, 
gain controls the strength of the signal that enters a processing stage. 

2. Volume generally refers to the output level. It’s what you hear from the speakers 
or headphones and is often controlled by a fader or master volume knob. If you 
think of audio flow like water in pipes, gain is the valve controlling how much 
water (signal) enters the pipe, while volume is the faucet controlling how much 
water exits. 

 
A musician might drive a guitar amp’s “gain” stage hard to create distortion and then 
set a lower “master volume” to keep the overall loudness at a reasonable level. 
Similarly, in a recording interface, the gain or trim knob is used first to set a solid input 
level before adjusting a track’s final volume fader. 
Why Proper Audio Gain Matters: Noise Floor, Headroom, and Distortion 
Every piece of audio equipment has a noise floor, which is the residual level of 
background hiss or hum inherent in the circuitry. If you record a sound at too low a 
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gain, your signal will be closer to the noise floor. When you later boost the recording to 
a usable volume, you also amplify the noise. 
On the other end of the spectrum, pushing your signal too high can lead to distortion. 
In analog gear, this can take the form of saturation—a potentially warm, musical 
distortion favored in some cases (like electric guitar). In digital systems, exceeding 0 
dBFS leads to clipping, a harsh and unwanted distortion that flattens the waveform 
peaks. 
Balancing between these extremes is crucial for achieving a good signal-to-noise ratio 
(SNR) while preserving headroom. Headroom is the margin between your typical 
operating level and the point where distortion occurs. A healthy recording or mixing 
practice is to leave enough dB of headroom so that unexpected transient peaks don’t 
clip or overload your system. Good gain practice ensures your audio is loud enough to 
stay above the noise floor but low enough to avoid distortion. 
The Concept of Gain Staging 
Gain staging is the process of controlling levels at each step in the audio signal chain. 
This chain might include: 
• Microphone → Preamp → Audio Interface → DAW → Plugins → Mixer → Power 

Amplifier → Speakers 
At each stage, you have an opportunity (or a requirement) to set or maintain a proper 
signal level. Proper gain staging prevents the accumulation of noise or clipping that 
might occur from poorly adjusted levels. Here’s how gain staging typically works in 
different scenarios: 
• Recording: The microphone picks up a signal, which is then boosted by a mic 

preamp. Setting the preamp gain carefully to avoid digital clipping is 
fundamental, as any mistakes here are “baked” into your recording. 

• Live Sound: An engineer uses the gain knob on each channel to set an 
appropriate level from each microphone or instrument. Once that’s done, the 
channel faders can be used to shape the overall mix without risking distortion or 
excessive noise. 

• Mixing: Within a DAW, each track might have a pre-fader trim or “clip gain.” You 
balance these so that you’re neither too close to zero (risk of clipping) nor too 
low. Plugins might need specific input levels, especially analog-modeled 
compressors or saturators. 

Proper gain staging ensures that each device in the chain receives an optimal input 
level for best performance. As you add EQs, compressors, or effects, you’ll adjust the 
output to keep the level similar to what it was going in, unless there’s a deliberate 
reason to change it. 
Audio Gain in Music Production and Recording 
In a typical music production workflow, managing audio gain starts the moment you 
connect a microphone or an instrument to your system. Proper gain structure ensures 

https://www.masteringbox.com/learn/what-is-mixing
https://www.masteringbox.com/learn/what-is-mixing
https://www.masteringbox.com/learn/choose-audio-interface
https://www.masteringbox.com/learn/preamps-choosing-right-gear-job
https://www.masteringbox.com/learn/preamps-choosing-right-gear-job
https://www.masteringbox.com/learn/gain-staging


that each sound source is captured at a healthy level, reducing the risk of unwanted 
noise or distortion later in the process. By setting the right amount of gain from the 
outset, you maintain clarity, dynamic range, and overall headroom for mixing. 

 
Setting Input Gain 

When recording a vocal, you’ll often ask the singer to perform at their loudest part 
during soundcheck. Adjust the mic preamp gain until the peaks hit an acceptable level 
below 0 dBFS—commonly around -6 to -10 dBFS. This leaves headroom for dynamic 
spikes and ensures you don’t end up with a clipped waveform. 

Managing Clip Gain and Plugin Headroom 
Once recorded, you can adjust clip gain (pre-fader) in the DAW if some tracks are too 
hot or too soft. For instance, you might have a drum track that was recorded very softly 
and requires a boost, or a synth lead that needs to be attenuated to avoid driving 
subsequent plugins too hard. Many modern DAWs also provide a “gain plugin” or a 
trim control so you can fine-tune levels before entering EQ, compression, or other 
effects. 

Fader Balances and Summation 
During mixing, each channel fader determines how much of that track is fed into the 
main mix bus. If your individual tracks are set with proper gain, your mix bus should 
have enough headroom to avoid clipping. Summation of multiple tracks can quickly 
add up, so many engineers target a specific level for each track (often around -18 dBFS 
RMS for analog-modeled plugins). This practice emulates classic analog gear’s sweet 
spot, ensuring dynamic range is preserved. 

Creative Use of Audio Gain 
Not all gain usage is about cleanliness. Overdriving a tube preamp can create a warm 
harmonic saturation that’s pleasing on vocals or guitars. Running signals hot into tape 
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emulations can also add “glue” or vintage character to a mix. The line between too 
much and just enough is subjective, but basic gain fundamentals still apply: avoid 
abrupt digital clipping unless distortion is intentionally part of your sound. 
Gain in Live Sound Reinforcement 
In live sound (e.g. concerts, church sound, club PAs), an audio engineer typically faces a 
limited soundcheck window to set input gains for each performer. Live mixing consoles 
feature very similar controls: each input channel includes a gain (trim) knob at the top 
to adjust the incoming signal from a microphone or instrument and a fader to control 
that channel’s contribution to the mix (the speakers). Engineers often refer to the 
process of setting these levels on a live board as setting gain , structure; here’s how 
that often works: 
1. Soundcheck and PFL: The engineer uses the console’s PFL (pre-fader listen) 

function to solo individual channels. While the musician or singer performs at 
their expected loudest level, the engineer adjusts the gain knob so the channel 
meter hovers just below the clip point. This might mean leaving a few decibels 
of headroom to handle unexpected peaks. 

2. Monitor Mixes and Feedback: Gain settings also feed into the stage monitors. A 
microphone that’s gained too high can increase the risk of feedback loops, 
especially on a loud stage. Ensuring proper gain helps keep a clear, balanced 
monitor mix. 

3. Consistent Fader Positions: When gain is set well, the faders for each channel 
often hover near “0” or unity gain. This placement gives the engineer room to 
make fine-tuned adjustments without huge jumps in volume. 

4. Dynamics on the Fly: Live shows can have unpredictable changes in dynamics, 
so the engineer may have to tweak channel gains or rely on compressors to 
handle sudden surges in volume. Still, major gain changes during a show can 
cause abrupt volume changes, so engineers often prefer to leave gain where it is 
and ride the fader or compressor thresholds. 

5. Using Pads and Proper Inputs: For extremely loud sources—like a close-miked 
kick drum or a hot guitar amp—a pad switch on the mic or console can help 
avoid overloading the preamp. Conversely, if a signal is too weak, the engineer 
might switch to a higher-gain mode or use a more sensitive mic. 

In live sound, good gain structure helps prevent noise, feedback, and distortion, 
ensuring a show that’s as clean, loud, and clear as possible. 
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Audio Gain Management in Broadcasting and Streaming 
Broadcasting (radio, television) and streaming (podcasts, online radio) demand 
consistent and controlled audio levels. Listeners don’t want to constantly adjust their 
volume if a talk show suddenly becomes too loud or if commercials blast at a higher 
level than the main program. 

Loudness Standards 
Many broadcasters follow loudness standards like EBU R128 or ATSC A/85, targeting a 
specific integrated loudness in units such as LUFS (Loudness Units Full Scale). A typical 
TV program might aim for around -23 or -24 LUFS. To comply, audio engineers manage 
gain and apply broadcast limiters or automatic gain control (AGC). 

Automatic Gain Control (AGC) 
AGC systems automatically raise quieter passages and lower louder ones, keeping the 
output around a target. While this ensures consistency, it can also reduce dynamic 
range and introduce pumping artifacts if users apply it too aggressively. Skilled 
broadcast engineers balance AGC use with manual gain staging and compression to 
maintain a natural sound. 

Consistent Speaker Levels 
In talk radio or podcasts, the host and guest microphones must be at similar levels. If 
one mic is gained significantly higher, it can overshadow the other and create a poor 
listening experience. Careful gain staging ensures voices sit at similar loudness, making 
conversations comfortable to follow. 

Peak Limiting 
To avoid clipping or overmodulation, broadcasters often apply a peak limiter at the 
final output stage. This catches any stray transients above the chosen threshold, 
preventing distortion. This practice is especially important in FM radio transmissions, 
where overmodulation can cause interference and violate regulations. 

Streaming Services 
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Platforms like YouTube, Spotify, or Apple Podcasts often have their own loudness 
normalization. Sending extremely loud or quiet audio can result in the platform 
automatically adjusting the level. Producers who understand these normalization 
targets will set gain and master levels to avoid excessive loudness penalties or 
undesirable dynamics changes on playback. 
Practical Techniques for Managing Audio Gain 
Having discussed theory and contexts, let’s outline some practical techniques and tips 
for managing audio gain effectively. These apply across the board – in the studio, on 
the stage, or in a broadcast booth: 

 
1. Start at the Source: Always begin with a healthy source signal. For example, use 

a well-positioned microphone with adequate sensitivity and ensure the 
performer is properly mic’d. Avoid artificially boosting a weak signal if you can 
improve it at the source. 

2. Set Input Gain First: When hooking up a new source, adjust the input gain or 
trim while monitoring the pre-fader meter. Aim for a strong level that doesn’t 
exceed the meter’s safe zone. This is especially helpful in live sound or when 
recording a new track in the studio. 

3. Use Meters Wisely: Most interfaces and mixers have LED or VU-style meters. 
Yellow is often a good spot for typical peaks; red usually means clipping. Some 
digital mixers or DAWs even provide numerical readouts for peak and RMS 
levels. Pay attention to both peak and average (RMS or LUFS) readings. 

4. Maintain Unity Downstream: Whenever possible, keep device outputs near unity 
gain. For instance, if you have a hardware EQ inserted, set its output gain so that 
bypassed and active levels match unless you want a deliberate change in 
loudness. Similarly, in a DAW, you might keep plugin input and output levels 
roughly equal. 
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5. Leverage Pads and Proper Mic Inputs: If the signal is too hot even at minimum 
gain, engage the preamp’s pad or the mic’s onboard pad. For line-level signals, 
use line inputs, not mic inputs. Conversely, for very quiet sources, ensure you’re 
using a preamp or an interface that can provide enough clean gain. 

6. Be Mindful of Cumulative Gain: In a chain of plugins or hardware units, each 
device might add or reduce gain. A +6 dB boost in one unit followed by another 
+6 dB boost can push the signal 12 dB hotter into the next stage, risking 
overload. Keep an eye on level meters at each step to avoid building up 
excessive gain. 

7. Use Clip Gain in DAWs: Many DAWs let you adjust the raw audio clip’s level (clip 
gain) before any insert effects or channel faders. This is useful for normalizing 
inconsistent track levels without messing up your fader balance. 

8. Watch the Master Bus: Multiple channels summing together can easily exceed 0 
dBFS. A good practice is to keep individual channels at moderate levels. If the 
master bus starts clipping, lower the channel gains rather than pulling down the 
master fader. This maintains a healthy overall gain structure. 

9. Loudness vs. Peak Levels: A track might not peak very high but still sound loud 
due to compression or limiting. Conversely, a track might have high peaks but 
low average loudness. Understanding both RMS/LUFS (average loudness) and 
peak meters helps you set gain appropriately. 

10. Document and Calibrate: In fixed installations or recurring scenarios, note your 
gain settings. In studios, calibrate your interface so that -18 dBFS in the DAW 
corresponds to 0 VU in your analog gear. Calibration ensures consistent results 
over time. 

 
Best Practices for Optimal Sound Quality 
To wrap up, here are some overarching best practices regarding audio gain that will 
help ensure you get the best sound quality in your projects: 



1. Aim for a Healthy Signal-to-Noise Ratio: Always record at a level that’s clearly 
above the noise floor. If a mic or instrument is too quiet, you’ll amplify a lot of 
hiss or hum later. Use enough gain to capture a robust signal, but not so much 
that you risk distortion. 

2. Avoid Clipping Throughout the Chain: Once a signal clips, that distorted 
information can’t be removed. Digital clipping is especially unpleasant, so keep 
peaks safely below 0 dBFS. In analog gear, slight saturation might be desirable, 
but watch for unmusical overdrive. 

3. Leave Some Headroom: For general recording, peaks around -6 or -10 dBFS are 
common. In mixing, leaving several dB of headroom on individual tracks is wise
—this space allows for processing boosts like EQ or layering without pushing 
into clipping. 

4. Gain Staging Is Ongoing: Every new plugin or hardware device in the chain 
affects levels. After an EQ boost, you might need to lower the output of that EQ 
to preserve the overall level. A compressor may reduce peaks, so you adjust 
makeup gain accordingly. Continually verify that you’re not pushing the signal 
too high down the line. 

5. Use Your Ears: Meters are invaluable, but your ears have the final say. If the 
audio sounds distorted or noisy, track down the cause. Sometimes a preamp can 
distort earlier than the meter indicates, or a plugin might distort internally at 
higher levels even if the DAW meter is fine. 

6. Choose Quality Gear: Some cheap preamps or interfaces can introduce audible 
noise or undesirable distortion well before you reach high levels. Using well-
regarded equipment with ample dynamic range helps ensure you capture clean 
sound. 

7. Manage Dynamics Musically: If you have a source with huge dynamic swings, it 
might be more effective to use a compressor or limiter rather than constantly 
adjusting gain. This helps keep the performance consistent and avoids sudden 
peaks that could clip. 

8. Communication in Live Settings: In live events, brief performers on consistent 
mic techniques. A singer who soundchecks quietly but belts much louder in 
performance can overload a carefully set gain. Let them know the importance of 
consistent mic distance and performance level. 

9. For Broadcast: Follow Loudness Guidelines: Ensure your final output hits the 
target LUFS or loudness standard mandated by the platform or broadcaster. 
Overly loud mixes may be turned down automatically, while overly quiet mixes 
can sound weak or hissy. 

10. Calibrate Monitors: Whether in a studio or broadcast room, calibrate your 
monitoring system so that a known reference level in the mix translates 



predictably to your ears. This builds confidence in gain decisions and helps 
avoid “guessing” if something is too loud or too soft. 

Conclusion 
Properly controlling audio gain establishes clear, dynamic, and distortion-free sound, 
whether you’re in a home studio, on a live stage, or broadcasting to millions. By 
understanding the concepts of signal-to-noise ratio, headroom, and clipping, you can 
set levels that capture the best possible audio without unwanted artifacts. Gain staging 
ensures that every device in your chain receives a healthy signal, avoiding cumulative 
noise or distortion. 
For musicians and producers, effective gain management ensures your recordings 
possess the clarity and impact needed to stand out in a mix. In live sound, a properly 
staged system guarantees the show remains loud yet free from feedback or blown 
speakers. In broadcasting, consistent gain management and adherence to loudness 
standards create a seamless listening experience for audiences. 
Though “gain” might appear to be just a single knob or slider, its significance cannot 
be overstated. It shapes how well your microphones pick up subtle details, how your 
plugins react to the signal, and whether your audience hears clean audio or distracting 
distortion. Mastering the art of gain means mastering the foundation of audio itself, 
setting the stage for all the creative steps that follow—like EQ, compression, and 
spatial effects. 
By applying the techniques and best practices laid out in this article, you’ll ensure that 
your recordings, mixes, or live shows have the professional polish that comes with 
properly managed levels. Keep an ear open for distortion or noise, watch those meters, 
and don’t shy away from using pads, trim controls, and calibration. With consistent 
attention to gain, you can confidently craft high-quality audio that translates well across 
any medium and environment.


