EQing Bass & Kick

The “Q” is default at 2.00, it’s the bottom row of knobs under the EQ graph. These can be turned up to 5.00 or more and that’ll make the middle red arrows on the graph have a sharp point when you drag them upward or a sharp dip when you drag them downward. Once you do that you can sweep them left & right to find certain frequencies in the signal that may sound bad or good. The good ones you want to drag up, the bad ones you want to drag down. That’s how you first, find the frequencies in question then carve a hole in them to either get rid of a signal or carve a hole to let another signal come through.

Now, Press the CH-Edit button of the bass track to get to the Parametric EQ graph. Take your bass guitar track and bring it up about 1-3kh in the parametric EQ by grabbing the second red arrow from the right and dragging it up. Now turn the “Q” knob, the one on the left and turn it up to around 5.00.  This is the bass "burp" area of the frequency. This is called a notch.


Now, while the bass is playing...solo out the bass and kick...left click and grab the second red arrow from the left side of the EQ graph notch and sweep that kick frequency back and fourth (left & right), you will notice at one point that...


Your kick drum will "disappear" some what, when sweeping (moving the red arrow notched back and fourth)...this is where your bass and kick are sharing the same frequency. Take that frequency and drag it all the way down to carve out a hole in your bass track so the kick can come through. Adding anything below 200Hz can add muddiness to the bass track so keep that in mind.


Now take between 40 and 60hz on the kick channel and slowly turn it up until the low end on both the kick and the bass is clearly heard at around the same increase in decibels. Now take and grab the red arrow around 4-6k on the kick and turn that up by dragging the red arrow up until your kick gets the desired amount of "crack".
By notching and sweeping both tracks you can find the frequencies that you want add too and cut away. Experiment with this on both the bass and kick tracks till both sound right to you. Only you can hear this and decide what sounds best. The bass and kick are so close that in some cases they over lap the same frequencies so carving out holes in one or both can help to hear each better in the mix. 

Using Filters, LP, HPF, BPF & BEF

Lo-Pass, Band Pass, Band Eliminate and Hi-Pass filters in the VS EQ section are very important things to work with in any mix. Usually, by default they are set to OFF, the "F" (Freq) @ 1.00k Hertz and the Q @ 0.71. If not then you can check it out by clicking on the "OFF" and a small menu pops ups with Off, LPF, HPF, BPF & BEF options for setting the EQ graph to one of these choices. These are important for general purpose use, the HPF, BPF BEF & LPF. Low pass means just that. The graph will cut off the high frequencies so only the low frequencies pass through, hence Low Pass Filter.  Band Pass cuts off the Hi and Low frequencies, Band Eliminate cuts only the middle and Hi Pass cuts off the low frequencies so only the Hi frequencies pass through.
 

These are used in conjunction with the "F" and "Q" knobs to set where the frequency cut off begins and how sharp or flat the curve of the cut off is. That way you can set the graph to cut off higher or lower than the default setting to match it better with what you are hearing on a track. 
 

Using the LPF on your bass and kick will help to keep the bass and kick from bleeding over into the mids and mudding them up. You have to listen to the track by its self when setting these to really hear what's happening then with the mix to see how it sits in the mix.
 

Using the HPF on you cymbals, lead guitars, higher vocals etc can also help to keep the mids from sounding muddy. 
 

The BPF can be used on instruments that are in the mids like rhythm guitars and other instruments but I would adjust it a bit more open than the default.
 

Using the BEF for finding bad frequencies such as hums and noises will help to clean up any problems in a signal and eliminate it. Also you can use it on a Bass or kick to carve out an area for one or the other to come out in a mix. The Bass and kick sit in the same are of frequencies and if the kick is being hidden behind the bass guitar then use this on the bass and see if you can place that dip in the area where the kick sits, allowing it to come though the mix.
 

These are brief descriptions of what these filters are and how to use them so research more about EQ in your VS manual and on line, read up on frequencies and where each instrument sits in the frequency range, and how others are using these filters. 
Analyzer and Freqs

Using the ANALYZER on the UTILITY menu is another good tool for find out what frequency range an instrument or vocal is made up of. Click on UTILITY> Select Analyzer and it appears where the meters were on your HOME screen. The A, B, C, D stands for effects processor slots so pick an effects processor that’s not in used by checking the letter that corresponds then select the Track or Input for SOURCE ie TR1 or IN1. You should be able to figure it out easy enough. Play the track or if it’s an input play the instrument that’s connected to that input. 

Stuff you can do to de-muddy a mix:
#1) HPF: Use it on EVERY TRACK! Let your ears be your guide, but here's a rough guide to get ya started:

· BAS - 40Hz 

· GTR - 80Hz 

· VOX - 120Hz 

· OTHER - 100Hz                           Karl Lakestone VSP
Here’s a good link to start with about using EQ. http://www.trinitysoundcompany.com/eq.html 
Here is the bulk of the material from that web site…

Understanding EQ and its Effects on Signals 

There are two areas of equalization that I want to cover. Those two areas are vocals and music. I'd like to discuss the different effects of frequencies within audio signals. What do certain frequencies do for sound and how we understand those sounds. Why are some sound harsh? Why do things sound muddy? Why can't I understand the vocals? I'll try and answer all of these question and hopefully bring some light to the voodoo world of EQ. 

  

Vocals 

Roughly speaking, the speech spectrum may be divided into three main frequency bands corresponding to the speech components known as fundamentals, vowels, and consonants. 

Speech fundamentals occur over a fairly limited range between about 125Hz and 250Hz. The fundamental region is important in that it allows us to tell who is speaking, and its clear transmission is therefore essential as far as voice quality is concerned. 

Vowels essentially contain the maximum energy and power of the voice, occurring over the range of 350Hz to 2000Hz. Consonants occurring over the range of 1500Hz to 4000Hz contain little energy but are essential to intelligibility. 

For example, the frequency range from 63 to 500Hz carries 60% of the power of the voice and yet contributes only 5% to the intelligibility. The 500Hz to 1KHz region produces 35% of the intelligibility, while the range from 1 to 8KHz produces just 5% of the power but 60% of the intelligibility. 

By rolling off the low frequencies and accentuating the range from 1 to 5KHz, the intelligibility and clarity can be improved. 

Here are some of the effect EQ can have in regards to intelligibility. Boosting the low frequencies from 100 to 250Hz makes a vocal boomy or chesty. A cut in the 150 to 500Hz area will make it boxy, hollow, or tube like. Dips around 500 to 1Khz produce hardness, while peaks about 1 and 3Khz produce a hard metallic nasal quality. Dips around 2 to 5KHz reduce intelligibility and make vocals woolly and lifeless. Peaks in the 4 to 10KHz produce sibilance and a gritty quality. 

  

Effects of Equalization on Vocals 

For the best control over any audio signal, fully parametric EQ's are the best way to go. 

  

	80 to 125 

160 to 250

315 to 500
	Sense of power in some outstanding bass singers. 

Voice fundamentals

Important to voice quality

	630 to 1K
	Important for a natural sound. Too much boost in the 

315 to 1K range produces a honky, telephone-like quality.

	1.25 to 4K 

5 to 8K
	Accentuation of vocals 


  

Important to vocal intelligibility. Too much boost between 2 and 4KHz 

can mask certain vocal sounds such as 'm', 'b', 'v'. Too much boost between 

1 and 4KHz can produce 'listening fatigue'. Vocals can be highlighted at the 3KHz 

area and at the same time dipping the instruments at the same frequency. 

Accentuation of vocals: 

The range from 1.25 to 8K governs the clarity of vocals. Too much in the area of 5 to 16K can cause sibilance. 

  

Instruments 

Mic'ing instruments is an art ... and equalizers can often times be used to help an engineer get the sound he is looking for. Many instruments have complex sounds with radiating patterns that make it almost impossible to capture when close mic'ing. An equalizer can compensate for these imbalances by accenting some frequencies and rolling off others. The goal is to capture the sounds as natural as possible and use equalizers to straighten out any non-linear qualities to the tones. 

Clarity of many instruments can be improved by boosting their harmonics. In fact, the ear in many cases actually fills in hard-to-hear fundamental notes of sounds, provided the harmonics are clear. Drums are one instrument that can be effectively lifted and cleaned up simply by rolling off the bass giving way to more harmonic tones. 

Here are a few ideas on what different frequencies do to sounds and their effects on our ears. 

  

	31Hz to 50Hz
	These frequencies give music a sense of power. If over emphasized they can make things muddy and dull. Will also cloudy up some harmonic content.

	80Hz to 125Hz
	Too much in this area produces excessive 'boom'.

	160Hz to 250Hz
	This is the problem area of a lot of mixes. To much of this area can take away from the power of a mix but is still needed for warmth. 160Hz is a pet-peeve frequency of mine. Also, the fundamental of bass guitar and other bass instruments sit here.

	300Hz to 500Hz
	Fundamentals of string and percussion instruments.

	400Hz to 1K
	Fundamentals and harmonics of strings, keyboards and percussion. This is probably the most important area when trying to control or shape to a natural sound. The 'voice' of an instrument is in the mids. 

To much in this area can make instruments sound horn-like.

	800Hz to 4K
	This is a good range to accentuate instruments or warm them up. Too much in this area can produce 'listening fatigue'. Boosts in the 1K to 2K range can make instruments sound tinny.

	4K to 10K
	Accentuation of percussion, cymbals, and snare drum. 

Playing with 5K makes the overall sound more distant or transparent.

	8K to 20K
	This area is often what defines the quality of a recording or mix. This area can also help define depth and 'air' to mix. Too much can take away from the natural sense of a mix by becoming shrill and brittle.


  

Here are a few other pin point frequencies to start with for different instruments. In a live sound situation, I might event pre set the console's eq to these frequencies to help save time once the sound check is under way. These aren't the answers to everything... just a place to start at. 

Kick Drum: 
Besides the usual cuts in the 200Hz to 400 area, some tighter Q cuts at 160Hz, 800Hz and 1.3k may help. The point of these cuts makes for space for the fundamental tones of a bass guitar or stand up. I have also found a high pass filter at 50Hz will help tighten up the kick along with giving your compressor a signal it can deal with musically. 5K to 7K for snap. 

Snare Drum: 

The snare drum is an instrument that can really be clouded by having too much low end. Frequencies under about 150Hz are really un-usable for modern mixing styles. I would suggest a high pass filter in this case. Most snares are out front enough so a few cuts might be all that is needed. I like to start with 400Hz, 800Hz, and some 1.3K. This are just frequencies to play with. Doesn't mean you will use all. If the snare is too transparent in the mix but I like the level it is at, a cut at 5K can give it a little more distance and that might mean a little boost at 10K to brighten it up. 

High Hats: 

High hats have very little low end information. I high pass at 200Hz can clean up a lot of un-usable mud in regards to mic bleed. The mid tones are the most important to a high hat. This will mean the 400Hz to 1K area but I've found the 600Hz to 800Hz area to be the most effective. To brighten up high hats, a shelving filter at 12.5K does nicely. 

Toms and Floor Toms: 

Again, the focus here is control. Most toms could use a cut in the 300Hz to 800Hz area. And there is nothing real usable under 100Hz for a tom... unless you are going for a special effect. Too much low end cloud up harmonics and the natural tones of the instrument. Think color not big low end. 

Over Heads: 

In my opinion, drum over heads are the most important mics on a drum kit. They are the ones that really define the sound of the drums. That also give the kit some ambience and space. These mics usually need a cut in the 400Hz area and can use a good rolling off at about 150Hz. Again, they are not used for power.... these mics 'are' the color of your drum sound. Roll off anything that will mask harmonic content or make your drums sound dull. Cuts at 800Hz can bring more focus to these mics and a little boost of a shelving filter at 12.5K can bring some air to the tones as well. 

Bass Guitar: 

Bass guitar puts out all the frequencies that you really don't want on every other instrument. The clarity of bass is defined a lot at 800Hz. Too much low end can mask the clarity of a bass line. I've heard other say that the best way to shape the bass tone is to roll off everything below 150Hz, mold the mids into the tone you are looking for, then slowly roll the low end back in until the power and body is there you are looking for. If the bass isn't defined enough, there is probably too much low end and not enough mid range clarity. Think of sounds in a linear fashion, like on a graph. If there is too much bass and no clarity, you would see a bump in the low end masking the top end. The use of EQ can fix those abnormalities. 

Guitar/piano/ etc.: 

These instruments all have fundamentals in the mid range. Rolling off low end that is not needed or usable is a good idea. Even if you feel you can't really hear the low end, it still is doing something to the mix. Low end on these instruments give what I call support. The tone is in the mids. 400Hz and 800Hz are usually a point of interest as are the upper mids or 1K to 5K. Anything above that just adds brightness. Remember to look at perspective though. Is a kick brighter than a vocal? Is a piano bright than a vocal? Is a cymbal brighter than a vocal? 

  

In Closing 

Equalizers are one of the most over looked and misused pieces of gear in the audio industry. By understanding equalizers better, an engineer can control and get the results he or she is looking for. The key to EQ'ing is knowing how to get the results you are looking for. Also, knowing if it’s a mic character or mic placement problem. EQ can't fix everything. It can only change what signal it’s working with. Equalizers are also a lot more effective taking away things in the signal than replacing what was never there. 
Another link to good info on EQing… http://www.recordingwebsite.com/articles/eqprimer.php
Here's the FREQS for each instrument, drums, vocal etc...

Listen to a track you have recorded and if it needs more of something ie fullness or less of it then this list will help you to know where to find these freqs to add or cut freqs according to your own taste.

 

Bass Guitar == Bottom @ 50 - 80Hz;   Attack @ 700Hz;  snap @ 2.3kHz

Kick Drum == Bottom @ 80 - 100Hz;  Hollowness @ 400Hz;  Point @ 3-5kHz

Snare == Fatness @ 120 - 240Hz;  Boing @ 900Hz;  Crisp @ 5kHz;  Snap @ 10kHz

Floor Toms == Fullness @ 80 - 120Hz;  Attack @ 5kHz

Toms == Fullness @ 240 - 500Hz; Attack 5 - 7kHz

HiHat & Cymbals == Clang @ 200Hz;  Sparkle @ 8 - 10kHz

Congas == Ring @ 200Hz;  Slap @ 5kHz

Elec. Guitar == Fullness @ 240 - 500Hz;  Presence @ 1.5 - 2.5kHz

Acoustic Guitar == Fullness @ 80+Hz;   Body @ 240Hz;  Presence 2 - 5kHz

Organ == Fullness @ 80+Hz;  Body @ 240Hz; Presence @ 2 - 5kHz

Piano == Fullness @ 80=Hz;  Presence @ 2.5 - 5kHz, Honk @ 2.5kHz

Horns == Fullness @ 120Hz; Piercing @ 5kHz

Voice == Full @ 120Hz;  Boomy @ 240Hz; Presence @ 5kHz; Sibilance 5kHz;  Air @ 5 - 10kHz

Strings == Fullness @ 240Hz;  Scratchiness @ 7 - 10kHz

Compression on 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 to taste, don't need too much but even out the in and out meters if you can.
The Higher the ratio, the louder it may sound as well.

Nothing is set in stone here, every bass and player is different.
By Lakestone Karl on VSP

Here's my latest bass EQ scheme:

RECORDING (INPUT MIXER):
I use the DI'd BASS PATCH on the -2 card.
I also use a "USER PATCH", a PEQ set up for My Bass. 
HPF @ 40Hz (for 4-string bass, 32 Hz for 5-string bass)

PLAYBACK:
I use the COMPRESSED BASS PATCH on the -2 card.
HPF @ 40Hz (for 4-string bass, 32 Hz for 5-string bass)
LoShelf -3dB @ ~250-300
LoMid -2dB @ 120Hz
HiShelf (if needed)

After you set this much up, raise the Q of the HPF to restore the very low end of the bass.

By Waterman on VSP

I always HPF the bass starting 40Hz, lately I've been going as high as 60hz (but that's because I've been doing an acoustic 3 piece with no drums).

Most bass mud is in the 250-500hz range I'll notch that out a few db. 
Attack or pluck is increased at 700 to 1k
Bottom added at 60 to 80 Hz
String noise at 2.5k
boost added around 1 to 2k

compression:
2.5 gain
threshold 17db
attack 7ms
release 233ms
I never use autogain, I set that by ear and also watch the meter to see much I'm compressing the signal.
SIDE CHAINING                                                    by headwerkn2 on VSPlanet
Within the Channel or Track View screen you can select the side  chain input to the compressor - on the Roland VS is this called Key In. Obviously Roland couldn't call it "Side chain In" because that would have been too logical ;-)

This from the VS2480 manual (VS2400 is similar except it doesn't have the EXP+COMP option).
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This is the VGA view (from the VS2400 manual)
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By default it's set to the actual input you're editing eg. track 1 for track 1, etc. etc. so that the compressor is operating off its source signal - usual compressor operation. You can adjust the Key In input to another track, which will give you a side chain type setup.

For example, if you wanted to use the Kick Drum on Track 1 to compress the Bass on Track 7 so the kick 'punches through' the bass - a pretty typical dance/techno effect that also works well with rock drums - you'd set KeyIn on Track 7's compressor to TR 1. The kick's attack will then trigger the bass's compressor.

The track being used to control a compressor doesn't need to be audible and can exist solely to control another track's compressor. If you don't want to 'lose' a playback track solely for side chaining another track's compressor, you can set Key In to an Input channel and sequence or play in real time the 'keying' track from another source, like a keyboard or even an oscillator/sound generator to create tremolo effects.

Another use is 'look ahead gating', where a gate effect (EXP) is triggered by a copy of the track being gated that is moved ahead a few milliseconds... this way the gate itself opens just before the attack of the source material, allowing strong/effective gating without affecting the transients adversely. Most newer compressor plug-ins actually have this option inbuilt now.
http://www.vsplanet.com/ubbthreads/ubbthreads.php?ubb=showflat&Number=1106171&gonew=1#UNREAD
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