AUDIO FILTERS

DeEsser—reduces sibilants and other high frequency noises that can occur in vocals, voice overs. These sounds can be distracting and can lead to distortion.  The De-Esser removes these unwanted sounds by using a fast acting compression.

Frequency—sets the frequency band in which the De-Esser operates. The frequency slider should be set to remove sibilants (typically in the 4-10 kHz range)

Threshold—sets the level above which compression starts

Best to use this on individual tracks rather than on the entire mix.

Input Meter—indicates the level of the unprocessed input signal to the De-Esser

Output Meter—indicates the output level of the De-Esser

Reduction- indicates the amount of gain reduction in dB. It remains at 0 level when the input signal is below the threshold
Compressor—reduces the dynamic range of a signal that exceed a selected threshold by a specific amount.

This would most probably be done to a Bounced file.

Gain- provides overall output gain adjustment. It allows you to compensate for heavily compressed signals.

Threshold- Signals that exceed this level will be compressed. Signals that are below it will be unaffected. 

A level setting of 0dB=no compression

Ratio- sets the compression ratio. The range is based on decibels above the threshold. 

If set to 2:1, it will compress changes in signals above the threshold by 1/2


Attack- the smaller the value, the faster the attack. The faster the attack, the more rapidly the compressor applies attenuation to the signal.

Release- controls how long it takes for the compressor to be deactivated after the input signal drops below the threshold level. If you use heavy compression, give it a longer release time.

Knee- sets the rate at which the compressor reaches full compression once the threshold has been exceeded.

0- hardest response

200-softest response

Limiter- is used to prevent signal peaks from ever exceeding a chosen level so they don’t overload amplifiers or recording devices.

Used well, a limiter will allow you to achieve higher average levels, while avoiding overload (clipping and/or distortion)

Gain— overall output adjustment

Threshold- signals which exceed this level will be limited

Attack- smaller the value, the faster the attack

Release- use longer release times if you have heavily attenuated

Gate- allows a signal above the selected threshold to be passed through to the output at unity gain, with processing. Once inout signal falls below the threshold level, the gating shuts down the signal by fully or partially attenuating the output.
Threshold –signals that exceed this level will pass through. Signals that are below it will be gated, according to the settings of the attack, hold, decay, and range parameters 
the closer to unity, the more sounds are being gated

Attack- how quickly the gate comes on

Hold- specifies a duration, in seconds or milliseconds, that the gate will stay open after the initial attack. Can prevent rid of gate chatter, which is the sound of the gate opening and closing very quickly

Decay—how long it takes for the gate to close

Range- sets the depth of the gate when closed. It never falls to silence—allows more and more of the gated audio to peak through at all times. The closer to 0, more sounds (sounds of greater volume) will be let through

External Key—enables and disables side chain processing—John Corbett (James Brown)

Key Listen- enables you to listen to the reference track

Expander/Gate- soft noise gates

ratio—if at 2:1, it will lower signals below the threshold by 1/2

 higher ratios will make this function more like a gate
1-Band- can be configured as a:

hi-pass—allows hi frequencies to pass[image: image1.wmf]
[image: image2..pict]lo-shelf—produces a cut at frequencies below a specified frequency
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peak eq- boosts or cuts only those frequencies around the selected center frequency.


Q-sets the bandwidth of the Peak filter. This determines the width of a filters overall slope—from a broad bell to a narrow notch


Narrow curves are useful for special purpose processing, such as hum removal.


Higher values = narrower bandwidths


Lower values = wider bandwidths

Frequency-designates the center of the frequency to be cut or boosted

Gain- controls the amount that the selected frequencies are to be boost or cut

Q- sets the bandwidth 

Higher values = narrower bandwidths


Lower values = wider bandwidths

4-Band- one hi shelf, one lo shelf, 2 peak filters
Invert-reverses the polarity of selected audio—corrects phase issues.

Duplicate- duplicates the selected audio in place. This allows you to “flatten” or consolidate an entire track consisting of multiple regions into one continuous audio file that resides in the same place as the individual regions.

1. Hi-lite, the regions to be consolidated

2. Choose> entire selection (from region by region box)

3. Choose> create continuous file

THERE ARE 4 TYPES OF MOD DELAY: Short, Slap, Medium, Long

Short Delay- 23.2 ms of delay @ 44.1

Input—controls the input volume of the delay

Mix—wet to dry

LPF- (lo pass filter) Controls the cut off frequency of the lo-pass filter. Allows you to attenuate the hi frequency content of the feedback signal. The lower the setting, the more hi frequencies are attenuated

Delay- sets the delay time between the original signal and the delayed signal

Depth- controls the depth of the modulation

Rate- controls the rate of modulation of the delayed signal

Feedback- controls the amount of feedback applied from the output of the delay back into its input. It also controls the number of repetitions of the delayed signal. Negative feedback settings give a more intense tunnel-like sound 
Slap Delay- 162 ms of delay @ 44.1
Medium Delay- 371 ms of delay @ 44.1
Long Delay- 3.68 sec of delay @44.1
Normalize- allows you to optimize a selected region’s playback level. It’s useful in cases where an audio file has been recorded with too little amplitude, or where volume is inconsistent throughout the duration of an audio file.

• Raises the overall volume level while ensuring that the inherent dynamics of the material remain unchanged.

Gain- allows you to boost or lower a selected region’s amplitude by a specific amount

Reverse-

DC Offset- an audio artifact created as a result of mis-calibrated analog to digital convertors
Time Compression/Expansion- allows you to adjust the duration of a selected region, increasing or decreasing, without changing pitch.

• Useful to synchronization purposes

Pitch Shift- allows you to adjust the pitch of an audio file, with or without changing its duration
3  The Mix Window
Tracks appear as mixer modules, with controls for:

Inserts, sends, input output assignments, volume, panning, record enable, automation mode, and solo/mute.

Pre-Fader: output from a track (typically a send), that is independent of the channels fader setting

There is a correlation between these 2 windows

I like to show the mix window functions in my edit window

Display> Edit Window> Shows All—can get rid of comments view

INSERTS-


i/o- insert L/insert R (a hardware i/o insert)

Plug-In—an effect or signal processing (an EQ) is inserted onto the track

Sends— sends the signal to an auxilliary track

BUS—carries signals from several outputs to a single path

INSERTS:

Dither—Can minimize distortion problems caused by downsampling bit depth. For example, if your Protools session was at 24bits, but you are bouncing to disc at 16 bits, then you might consider a Dither. Usually used on the Master Fader as a post-fader insert. 


Parameters:

Bit Resolution--set the bit depth of your destination (eg.16 bit FCP)


Noise Shaping—moves noise occurring at around 4Khz to another frequency where it’s harder to hear. It lessens our perception of the noise introduced by dithering as it shifts audible noise to a less audible range. Toggle ON/OFF
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Compressor

Limiter

Expander Gate

Gate

1-Band EQ

4-Band EQ

short delay

slap delay

medium delay

long delay
AUTOMATION

Specify what is to be automated—volume, pan, mute, insert, send, send pan, send mute

What automation writing mode—what mode are you going to write automation in


Write


Touch


Latch

Auto Off-  Disables all automation on that track

Auto Read—Plays the automation that was previously written for that track

Auto Write—writes automation from the time playback starts to the time it stops. It erases any previously written automation for the duration of the automation pass

Auto Touch—Writes automation only when a fader or switch is touched or clicked with the mouse

Auto Latch—writes automation as you touch a control, but automation continues until you stop playback.

Automation Preferences:

Thinning and Smoothing—

Thinning removes break points from the curve improves system performance 

Edit>Thin Automation

smoothing smoothes jagged curves, or eliminates stair steps

Windows> AutomationEnable

Automation Enable Window pops up

Copy and Paste automation keyframes
SENDS:

you can send a signal to another track for effecting

Bussing sounds to a auxilliary track—


Display > Edit window> all


Sends=Bus 1


Output Bus 1-2


Aux track


Input=Bus 1


Output L/R

STRATEGIES:
Separate your tracks into: voice, sound effects, music

bouncing tracks and nesting--- BOUNCE A TRACK AND RE-IMPORT IT
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