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Comp/Expander/Gate

Basically we’ve got 48 of them, but what are they? A guide to dynamic processing.

Most modern digital workstations have like the “big consoles” of the past build in dynamic processing. Every track- and input channel on a Roland 2480CD/HD has one such processor.

In the last years several budget outboard preamps equipped with, or just stand alone, compressor/limiter/expander/gates have seen birth and launch on the market. They seem to be a miracle in itself to give the recordings that extra to become “outstanding”.

As they are two means of using dynamics basically, ie.: reducing dynamics/noise-spill and as sort of effect.

For starters: most digital dynamic processors lack the ability to perform as sort of effect, where they can excel as doing their job as dynamic processors. Sound strange?

For this we need a little history. The first dynamic processors where as you guessed analogue. What they basically did was to reduce level, with a certain ratio above a certain input level. Hence the nomenclature on most units! This was mainly done by clever amplifier circuitry and more then once helped by light sensitive resistors. Especially the last option gave a smooth, laid back compressor with lots of side effects, which nowadays are called warm, vintage etc. Well at least you can call it character. Later on there came VCA controlled gear, which worked with less side effects, and had faster working times, making them more tight.

So far, a few new things are introduced, such as laid back, warm and tight. The faster a compressor or any dynamic processor can work, the tighter it will sound. This is due to the fact on how long it will take the processor the reduced the signal level. In other words: as it takes longer, the first transients and signals get thru un-processed. Will it work very fast (like the digital and newer analogue ones) the initial transients/hits will be processed to. This makes a huge different on the processed sound. Lucky enough this time it will take and can be set with the attack-time control. Sometimes basically with fast/slow or with a rotary control. The same goes for the time it takes the processor to return to it’s original state of amplifying after the signal level is under the threshold level, which is called release time. 

Ok, threshold is introduced..........basically this is what it says to be. Once the signal level exceeds the threshold, taking attack time in count, the processor starts doing it’s job. At least for compressors/limiters – which are basically the same in some accounts, whereby gates/expanders work the other way around.

Let’s introduce another important thing: ratio. In case of compressors, ratio determinates how much compression there will be above the threshold.  For instance if we set a ratio of 1:3, and the level rises 12dB above the threshold, the compressor will apply 12–(12/3)=8 dB of gain reduction and only 4 dB above the threshold level is outputted. So if the threshold was set in this case at –6 dB, the output level shall be –2 dB on the meters. So as a theoretical rule you can apply the following:

Output level = input - ([input-threshold] – [{input-threshold} /ratio])

VS ExpanGate

Airproof, start with the KICK DRUM track.

Invoke the EXPANDER on the TRACK CHANNEL.

Set the Ratio pretty high, 4.00:1.

Set the THRESHOLD to about 12dB.

Set the ATTACK to 0.0, and the DECAY to about 250.

Now, WATCH THE LED "GR" (Gain Reduction) meter, while you play the KICK track and mess about with the settings.

That should get ya started.

Gates work well with Kick and Toms, but not so great on OH or ROOM mics. Some interesting effects can be had by gating a strong SNARE, but not a soft (or brushed) snare.

By Karl

AND another post...

In the "DYN Screen" of the recorded track
switch to EXPANDER
choose an extreme ratio (the lower line is steep)
choose a short attack time
then experiment with treshold level and release time

on the meters you can see (what you hear 
Compression In General 

Use the IN and OUT of each different section to see what effect that particular section has on the signal.....

For example, take a kinda hot channel, and turn the compressor on, but turn the A.GAIN switch OFF. Now, the IN meter is the signal BEFORE compression, and the OUT is the signal AFTER. The GR meter shows how much reduction is being applied to the signal. 
Vary the THRESHOLD until you see the GR kick in ONLY on the "hot spots". Now, when the IN goes past that threshold, the OUT gets reduced. You can SEE the difference.

Same deal with the EXPANDER and the EQ. Use the IN and OUT meters of each stage to ensure there is a clean signal all the way thru.


Point is, any signal that goes OVER at ANY point in the chain will add distortion of some sort, and reducing the FADER simply passes a smaller picture of the signal, distortion and all, to the Mix.
 Lakestone Karl.
LDT2

“The expander on each channel can be used as a noise gate. Just crank the ratio to infinity and adjust the threshold to where ever you need it and it'll gate to silence. You can fine tune with the release setting also.”
Well why do we need them, and how do we use them?

First of all, it may be time to know the difference between the basic four of dynamic processors.

The first group consist of two, ie.: compressors and limiters. Their names explain them a bit already: compressors do indeed compress the sound, so that the signal level will stay between the noise floor and “the red zone” of your metering. This is achieved by correct settings of the device (more on this later!). A limiter is slightly easier: one chooses the maximum level, and the limiter takes care that the signal level will not rise above the set level by cutting in on the volume/level once it rises above the threshold set.

The second group consists of the noise gate or gate and the expander. These units work the other way around and are mainly used to restore dynamics and keep noise/spill out. Simply said the noise gate is the opposite of the limiter: once the signal goes below the threshold, the gate shuts, and silence is heard... Useful on multi miked drums etc. The expander on the other hand reacts more like a compressor, with a ratio of working below the threshold. It works more slight and can be good on use on instruments/vocals which have longer decays and/or release times.

The time for some secrets.........not really!

When, which and how much is the main question here for many of us. When is the first one. As a matter of fact, during recording, I try to avoid using any at all. This might seem a bit weird, but once recorded with the dynamics processed in any way or form is not a thing of undo or so; it’s recorded that way and irreversible!!! What could have been a good take without or with different settings is probably ruined by the wrong settings. (The same story goes for EQing and FX’s before the recording as far as I’m concerned). On very percussive and/or dynamic instruments/voices, I sometimes use limiting set at –0.5 dB to avoid overshoots, and the uninvited digital distortion. 

So that was the first use for a limiter! It is also useful to pump up a track in the mix, but can be rude sounding, but he, maybe this is what you want for a track....... Compressors can do also a great job on getting the overall level of a track, or mix, a bit higher by pushing the lower levels up, and keeping the peak level within the save range. It’s hard to say use this or that setting for such a signal. Instead of looking at tables, numbers or so, it is better to understand and learn how a signal behaves. Is it percussive/dynamic or has it got a slow attack and long release, or something in the middle? By understanding the parameters we can adjust, and what kind of signal we have on a track will help us better. Spend some time with (raw)tracks of snare drum with some spill and hear what a gate can do, or an expander if you like. Pump up a kick drum with gentle compression, or freak out on it with extreme parameter values. It’s also nice to play around with a clean guitar track and some expanding for the sheer fun of it. Try spending time on mix, and get vocals more upfront with compression settings, and try to get the feeling of what parameter values make sense for certain tasks. Playing around like this seems to be waste of precious studio time, but it will pay off one day when you are encountering a difficult mix and/or tracks during your sessions. It will also pay of in your overall sound quality in the future, and playing around also learns you to move faster on the machine. Common sense and experience will take you to a higher level of “wise” use of dynamic processing.

Some words to end a summary of things........

First of all: do you really need any form of dynamic processing on a track? This is always good to ask. If things are proper recorded, and a good source, mics etc. are used, you don’t have to do much to get a good mix. Especially to much limiting and compressing can make your tracks and mix sound “un lively”, dull and less dynamic. This is something to be aware of. In general: unless used as effect, a good track/mix doesn’t need to much EQ, FX’s or dynamic processing. What was wrong during recording can’t always be fixed with the three groups of processing. If you need them (to) much, maybe it’s time to consider what went wrong with mic-setup, or choice of instruments, amps etc.

Some terms short explained again:

Threshold:

The level at which a dynamic processor starts to work, depending on being limiting/compression above the threshold, and gates/expanders below it.

Ratio:

Amount of compression/expanding applied below/above the threshold. Limiters as well as gates have a ratio of 1:infinity.

Attack time: 

The time it takes before the dynamic processor starts to kick in. Mostly in mili seconds, sometimes in slow/fast.

Release time:

The time the processing works on, after the level is below/above the threshold again. (Compressor: below and expanders: above)

Make up gain:

The give a rise in overall level, gain can be applied to the compressed signal and the average level will be higher than the unprocessed signal.
AIRPROOFING on VSP uses these Compressor settings...

You'll need to work with it to suit what your signal is, but these can maybe get you started...

Kick
Threshold: -6dB
Ratio: Between 4:1 and 6:1
Attack: Between 40ms and 50 ms
Release: Between 200 ms and 300 ms
Gain: Adjust so that the output level matches the input level. You don't need much added gain.

Snare
Threshold: -4dB
Ratio: Between 4:1 and 6:1
Attack: Between 5 ms and 10 ms
Release: Between 125 ms and 175 ms
Gain: Adjust so that the output level matches the input level. You don't need much added gain.

Bass Guitar
Threshold: -4dB
Ratio: Between 2.5:1 and 3:1
Attack: Between 40 ms and 50 ms
Release: About 180 ms
Gain: Adjust so that the output level matches the input level. You don't need much added gain.
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