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Chapter 1: Audio Plug-Ins Overview

Plug-1ns are special -purpose software components
that provide additional signal processing and other
functionality to Pro Tools® | HDX

Pro Tools | HD Native, and Pro Tools | Software
systems. These include plug-ins that come with
your Pro Tools system, aswell as many other plug-
insthat can be purchased or rented from Avid® sep-
arately. This guide documents all 64-bit AAX
plug-ins available from Avid for Pro Tools 11.

Additional plug-ins are available fromthird-
=| piug
party developers. For moreinformation, visit
www.avid.com/plugins.

Plug-In Formats

AAX (Avid Audio Extension) plug-ins provide
real-time plug-in processing using host-based
(“Native’) or DSP-based (HDX systems only) pro-
cessing. The AAX plug-in format also supports
AudioSuite non-rea-time, file-based rendered pro-
cessing. AAX plug-in files use the

“.aaxplugin” file suffix.

There are three plug-in formats used in Pro Tools:

» AudioSuite™: non-real-time, file-based
processing

* AAX Native: rea-time, host-based plug-ins

* AAX DSP: real-time, DSP-based plug-ins (HDX
systems only)
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Avid Audio Plug-Ins

Avid includes a comprehensive set of sound
processing, effects, and utility plug-inswith all
Pro Tools systems. Other Avid plug-ins are
availablefor purchase or rental from the Avid store
(visit shop.avid.com, or, in Pro Tools, choose
Marketplace > Plug-Ins).

Avid Audio Plug-Ins Included
with Pro Tools

Pro Toolsincludes a suite of digital signal process-
ing effects, including EQ, dynamics, delay, and
other essential audio processing tools. The follow-
ing plug-ins are included with Pro Tools 11:

EQ
e Channel Strip (see“Dynamics’)
« EQIII

e 1Band

e 7Band

Dynamics

* BF76 Compressor

» Channel Strip

* DynamicsllI
» Compressor/Limiter
» Expander/Gate
* De-Esser

e Maxim™



Pitch and Time Shift
 Pitchll

* Time Shift

e Vari-FH™

Reverb
* D-Verb

Delay
e Mod Delay 11
e TimeAdjuster

Modulation
e Sci-Fi™

Harmonic

* Eleven Free™

e Lo-F™

o Recti-Fi™

e SansAmp PSA-1

Dither
» Dither
* POW-r Dither

Sound Field
¢ AutoPan™
* Down Mixer

Instrument
e Click Il
* ReWire
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Other

e DC Offset Removal (AudioSuite only)
« Duplicate (AudioSuite only)

» Gain (AudioSuite only)
 Invert (AudioSuite only)

» Normalize (AudioSuite only)
« Reverse (AudioSuite only)

e Signa Generator

 Time Compression/Expansion
e InTune™

e MasterMeter™

e Metro™

e Trim

Additional Avid Audio Plug-Ins

Thefollowing plug-ins are avail able separately for
purchase and rental :

» Aphex Aura Exciter® Typelll

» Aphex Big Bottom Pro®

* BF-2A

* BF-3A

» Eleven™ guitar amplifier modeling plug-in

* Fairchild 660 and 670

* Focusrite d2/d3

e Impact®

« JOEMEEK SC2 Compressor

» JOEMEEK VC5 Meequalizer

» Moogerfooger plug-ins
» Moogerfooger Analog Delay
» Moogerfooger Ring Modulator
» Moogerfooger 12-Stage Phaser
» Moogerfooger Lowpass Filter



* Pro Compressor

Using Plug-Ins in Pro Tools
 Pro Expander

See the Pro Tools Reference Guide for information
on working with plug-ins, including:

* Pro Limiter

* Pro Multiband Dynamics ) )
* Inserting plug-ins on tracks

* Pro Subharmonic

* Purple Audio MC77

* Plug-In Window controls

* Adjusting plug-in controls
* Reel Tape™ plug-ins: . .
) * Automating plug-ins
* Reel Tape Saturation o o
* Using side-chain inputs
* Reel Tape Delay ) ]
« Reel Tape Flanger ¢ Using plug-in presets

e Reverb One™

» ReVibe®II

* Clip indicators

* Smack!™
 SoundReplacer™

* Space™

 Tel-Ray Variable Delay
* Voce Spin

* Voce Chorus/Vibrato

e X-Form
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Conventions Used in
Pro Tools Documentation

Pro Tools documentation uses the following
conventions to indicate menu choices, keyboard
commands, and mouse commands:

Convention Action

File > Save Choose Save from the
File menu

Control+N Hold down the Control
key and press the N key

Control-click Hold down the Control
key and click the mouse
button

Right-click Click with the right

mouse button

The names of Commands, Options, and Settings
that appear on-screen are in a different font.

The following symbols are used to highlight
important information:

Q User Tips are helpful hints for getting the

most from your system.

A\ 'mportant Notices include information that
could affect your data or the performance of
your system.

Shortcuts show you useful keyboard or mouse
shorteuts.

Cross References point to related sectionsin
this guide and other Avid documentation.

Chapter 1: Audio Plug-Ins Overview

System Requirements and
Compatibility for Plug-Ins

To use Pro Tools plug-ins, you need the following:

* An Avid-qualified system running Pro Tools or
Pro Tools | HD Software

e AniLok USB key (iLok) for plug-insthat can be
purchased or rented

Avid can only assure compatibility and provide
support for hardware and software it hastested and
approved.

For complete system requirements and alist of

Avid-qualified computers, operating systems, hard

drives, and third-party devices, visit:
www.avid.com/compatibility

Third-Party Plug-In Support

For information on third-party plug-ins for
Pro Tools systems, refer to the documentation that
came with your plug-in.



About www.avid.com

The Avid website (www.avid.com) is your best on-
line source for information to hel p you get the most
out of your Pro Tools system. The following are
just afew of the services and features available.

Product Registration Register your purchase
online.

Support and Downloads Contact Avid Customer
Success (technical support); download software
updates and the latest online manuals; browse the
Compatibility documentsfor system requirements,
search the online Knowledge Base or join the
worldwide Pro Tools community on the User
Conference.

Training and Education Study on your own using
courses available online or find out how you can
learn in a classroom setting at acertified Pro Tools
training center.

Products and Developers Learn about Avid
products; download demo software or learn about
our Development Partners and their plug-ins,
applications, and hardware.

News and Events Get thelatest newsfrom Avid or
sign up for a Pro Tools demo.
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Chapter 2: Installing and Authorizing Avid

Paid Plug-Ins

A core set of audio plug-insisinstalled automati-
cally with your version of Pro Tools. No additional
steps are required to authorize these plug-ins for
use on your Pro Tools system.

Installers for additional plug-ins purchased or
rented from the Avid store (shop.avid.com) can be
downloaded from your online Avid account. These
plug-ins are authorized using aniLok USB key.

About iLok

All paid plug-insfrom Avid are authorized using an
iLok USB key from PACE Anti-Piracy.

iLok USB key (2nd generation)

AniLok can hold hundreds of authorizationsfor all
of your iLok-enabled software. After a software
licenseis placed on aniL ok, you can use theiLok
to authorize that software on any computer.

AniLok USB key is not supplied with plug-ins or
software options. Y ou can use the iLok included
with certain Pro Tools systems, or purchase one

separately.

% For more information, visit the iLok website
(www.iLok.com).

Chapter 2: Installing and Authorizing Avid Paid Plug-Ins

Authorizing Avid Audio
Plug-Ins

When you purchase or rent an Avid Audio plug-in,
you receive an activation code, either on an activa-
tion card or through your Avid account.

To authorize your plug-in, follow the steps below,
or visit www.avid.com/activationcard and follow
the online instructions.

To authorize Avid Audio plug-ins:

1 If you don't already have an iLok account, visit
www.ilok.comto sign up for an account.

2 Visitwww.avid.com/activation and log into your
Avid account (if you don't already have an Avid
account, click “Create Your Account”).

3 Enter your activation code and your iLok.com
User ID.

4 Follow the on-screen instructions to deposit
your license into your iLok.com account.

5 Once the activation process is complete, the
download linksfor your Avid audio plug-inwill
be available in the My Products section of your
Avid account.

6 Download and install the plug-in that you
purchased.

7 Make sure your iLok is connected to an avail-
able USB port on your computer.
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Launch Pro Tools and follow the on-screen in-

structions to transfer the plug-in license to your

iLok and authorize the plug-in.

Installing Plug-Ins for
Pro Tools

Installing Paid Plug-Ins on Mac

To install a plug-in on Mac:

1

Download the installer for Mac from
www.avid.com. After downloading, make sure
the installer is uncompressed (.dmg).

Ensure that Pro Toolsis already installed and
has been launched at least once on your com-
puter.

If Pro Toolsis running, quit Pro Tools.

L ocate and double-click the plug-in installer
disk image.

Drag the plug-in (.aaxplugin) to the Plug-Ins
folder aliasin the disk image.

Installing Paid Plug-Ins on
Windows

To install a plug-in on Windows:

1

Download the installer for Windows from
www.avid.com. After downloading, make sure
the installer is uncompressed (.ZIP).

If Pro Tools s running, quit Pro Tools.
Locate and double-click the plug-in installer.

Follow the on-screen instructions to complete
theinstallation.

When installation is complete, click Finish.

Chapter 2: Installing and Authorizing Avid Paid Plug-Ins

Removing Plug-Ins

If you need to remove a plug-in from your
Pro Toolssystem, follow theinstructionsbelow for
your computer platform.

Removing Plug-Ins on Mac

To remove a plug-in:

1 Locate and open the Plug-Ins folder on your
Startup drive (Library/Application Support
/Avid/Audio/Plug-1ns).

2 Do one of the following:
 Drag the plug-in to the Plug-Ins (Unused) folder.

« Drag the plug-in to the Trash and empty the
Trash.

Removing Plug-Ins on Windows
To remove a plug-in:

1 Choose Start > Control Panel.

2 Click Programs and Features.

3 Select the plug-in from the list of installed
applications.

4 Click Uninstall.

5 Follow the on-screen instructions to remove the
plug-in.



Chapter 3: Adjusting Plug-In Controls

Y ou can adjust plug-in controls by dragging
on-screen controls, by editing control values, or by
dragging in graphic displays.

Dragging Plug-In Controls

Rotary Controls

Some plug-ins have rotary controls that can be ad-
justed by dragging over them horizontally or verti-
caly.

To adjust a rotary control:

1 Click on the control.

2 Do any of the following:

 Drag up or to the right to increment the control.

» Dragdown or to theleft to decrement the control.

Adjusting a rotary control by dragging (EQ I1I)

Chapter 3: Adjusting Plug-In Controls

Slider Controls

Some plug-ins have slider controls that can be ad-
justed by dragging horizontally.

Some dliders are bipolar, meaning that their zero
position isin the center of the slider’ srange. Drag-
ging to theright of center yields a positive value,
and dragging to the left of center yields a negative
vaue.

To adjust a slider control:

1 Click on the control.

2 Do any of the following:
« Drag to theright to increment the control.

« Drag to the left to decrement the control.
COLORATION

HIGH FREQ

LOW FREQ

Adjusting a slider control by dragging (ReVibe I1)



Editing Control Values

Some controls have text boxes that display the cur-
rent control value. Y ou can edit the control value
directly.

To edit control values:

1 Click in the text box corresponding to the con-
trol that you want to adjust.

2 Do any of the following:

» Type anew value. For controls that support val-
uesin kilohertz, typing “k” after anumeric value
will multiply the value by 1000.

¢ Toincrement thevalue, scroll up withamouse or
scroll wheel, or press the Up Arrow key.

* To decrement the value, scroll down with a
mouse or scroll wheel, or pressthe Down Arrow
key.

3 Do one of the following:

* PressEnter on the numeric keyboard to input the
value and remain in keyboard editing mode.

 Press Return (Mac) or Enter (Windows) on the
alphakeyboard to enter the value and leave key-
board editing mode.

_
®

Typing a control value (EQ Il1)

To move forward through control text boxes in a
plug-in:

= Pressthe Tab key.

To move backward through control text boxes in a
plug-in:

= Press Shift+ Tab.

Chapter 3: Adjusting Plug-In Controls

Dragging in Graphic Displays

Some plug-ins have graphic displays with control
pointsthat you can drag to adjust the corresponding
controls.

Dragging a control point (ReVibe II)

Adjusting Controls with Fine
Resolution

Controls and control points can be adjusted with
fineresolution by holding the Command key (Mac)
or the Control key (Windows) while adjusting the
control.

Resetting Controls to Default
Values

Y ou can reset any on-screen control to its

default value by Option-clicking (Mac) or Alt-
clicking (Windows) directly onthe control or onits
corresponding text box.
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Chapter 4: EQ Il

The EQ 111 plug-in provides high-quality
1-Band and 7-Band EQ for adjusting the frequency
spectrum of audio material.

EQ Il isavailablein DSP, Native, and AudioSuite
formats.

EQ Il supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sampl e rates.

EQ 11 operates as a mono, multi-mono, or stereo
plug-in.

EQ 11 has aFrequency Graph display that shows
the response curve for the current EQ settingson a
two-dimensional graph of frequency and gain. The
frequency graph display aso lets you modify fre-
guency, gain and Q settings for individual EQ
bands by dragging their corresponding pointsinthe
graph.

Chapter 4: EQ IlI

EQ 11l Configurations

TheEQ 11 plug-in appears astwo separate choices
in the plug-in insert selector and in the AudioSuite
menu:

 EQ31-Band
 EQ37-Band

1-Band EQ

The 1-Band EQ has its own window, with six
selectable filter types for a single band of EQ.
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7-Band EQ

The 7-Band EQ has its own window, with up to
seven separate bands, each with it its own set of fil-
ter types.

—q\ =8 =0 =020
=D D =0 @ —@

7 Band EQ

Adjusting EQ 11l Controls

In addition to dragging controls and typing control
values, there are other ways to adjust EQ 111 con-
trols.

Inverting Filter Gain
(Peak EQ Bands Only)

Gain values can be inverted on any Peak EQ band
by Shift-clicking its control dot in the Frequency
Graph display, or its Gain knob in the plug-in win-
dow. This changes again boost to a cut (+9 to -9)
or again cut to aboost (-9 to +9). Gain values can-
not be inverted on Notch, High Pass, Low Pass, or
shelving bands.

Chapter 4: EQ IlI

Dragging in the Frequency Graph
Display

Y ou can adjust the following by dragging the con-
trol pointsdirectly in the Frequency Graph display:

Frequency Dragging acontrol point to theright in-
creases the Frequency setting. Dragging a control
point to the left decreases the Frequency setting.

Gain Dragging a control point up increases the
Gain setting. Dragging a control point down de-
creases the Gain setting.

Q Control-dragging (Mac) or Start-dragging (Win-
dows) a control point up decreases the Q setting.
Control-dragging (Mac) or Start-dragging (Win-
dows) acontrol point down increases the Q setting.

Dragging a control point in the Frequency Graph
display

13



Using EQ Il in Band-Pass Mode

Y ou can temporarily set any EQ I11 control to
Band-Pass monitoring mode. Band-Pass mode cuts
monitoring frequencies above and below the Fre-
guency setting, leaving anarrow band of mid-range
frequencies. It is especially useful for adjusting
limited bandwidth in order to solo and fine-tune
eachindividual filter before reverting the control to
notch filter or peaking filter type operations.

Q Band-Pass mode does not affect EQ 11 Gain
© controls.

To switch an EQ Ill control to Band-Pass mode:

= Hold Control+Shift (Mac) or Start+Shift (Win-
dows), and drag any rotary control or control
point horizontally or vertically.

EQ Ill interactive graph displaying Band-Pass mode

Chapter 4: EQ IlI

When monitoring in Band-Pass mode, the Fre-
guency and Q controls function differently.

Frequency Sets the frequency above and below
which other frequencies are cut off, leaving a nar-
row band of mid-range frequencies.

Q Sets the width of the narrow band of mid-range
frequencies centered around the Frequency setting.

To switch an EQ lll control out of Band-Pass mode:

= Release Control+Shift (Mac) or Start+Shift
(Windows).

Controlling EQ 11l from a Control
Surface

EQ I11 can be controlled from any supported con-
trol surface, including EUCON-compatible control
surfaces, D-Control, D-Command, C|24, and 003.
Refer to the guide that came with the control sur-
face for details.

14



EQ 111 1/O Controls

Certain Input and Output controls are found on all
EQ Il configurations, except where noted other-
wise.

Input and Output Meters

- Clip
Indicators
Input
Polarity ]
Control Input ggm%lGam
Gain
Control

O

I/O controls and meters for 7-Band EQ (top) and
1-Band EQ (bottom)

Input Gain Control

The Input Gain control sets the input gain of the
plug-in before EQ processing, letting you make up
gain or prevent clipping at the plug-in input stage.

Output Gain Control
(7-Band EQ Only)

The Output Gain control sets the output gain after
EQ processing, |etting you make up gain or prevent
clipping on the channel where the plug-in is being
used.

Chapter 4: EQ IlI

Input Polarity Control

The Input Polarity button invertsthe polarity of the
input signal to help compensate for phase anoma-
lies occurring in multi-microphone environments,
or because of mis-wired balanced connections.

Input and Output Meters
(7-Band EQ Only)

The plasma-style Input and Output meters show
peak signal levels before and after EQ processing,
and indicate them as follows:

Green Indicates nominal levels

Yellow Indicates pre-clipping levels, starting at
—6 dB below full scale

Red Indicates full scalelevels (clipping)

When using the stereo version of EQ 111, the Input
and Output meters display the sum of the left and
right channels.

The Clip indicators at the far right of each meter in-
dicate clipping at the input or output stage of the
plug-in. Clip indicators can be cleared by clicking
theindicator.
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EQ Ill EQ Band Controls

Individual EQ bands on each EQ I1I configuration
have a combination of controls.

EQ Type Selector

On the 1-Band EQ, the EQ Type selector lets you
choose any one of six availablefilter types:

High Pass, Notch, High Shelf, Low Shelf, Peak,
and Low Pass.

On the 7-Band EQ, the HPF, LPF, LF, and HF sec-
tions have EQ Type selectorsto toggle between the
two available filter typesin each section.

EQ Type Selectors (7-Band EQ)

Chapter 4: EQ IlI

Band Enable Button
(7-Band EQ Only)

The Band Enable button on each EQ band toggles
the corresponding band in and out of circuit. When
aBand Enable button is highlighted, the band isin
circuit. When a Band Enable button is dark gray,
the band is bypassed and available for activation.

Band Enable button

Band Gain Control

Each Peak and Shelf EQ band has a Gain control
for boosting or cutting the corresponding frequen-
cies. Gain controls are not used on High Pass,
Low Pass, or Notch filters.

Band Gain control
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Frequency Control

Each EQ band has aFrequency control that setsthe
center frequency (Peak, Shelf and Notch EQs) or
the cutoff frequency (High Pass and Low Pass fil-
ters) for that band.

GAIN

Frequency control

Q Control

Peak and Notch On Peak and Notch bands, the Q
control changes the width of the EQ band. Higher
Q values represent narrower bandwidths. Lower Q
values represent wider bandwidths.

Shelf On Shelf bands, the Q control changesthe Q
of the shelving filter. Higher Q values represent
steeper shelving curves. Lower Q values represent
broader shelving curves.

Band Pass On High Passand Low Pass bands, the
Q control letsyou select from any of the following
Slope values: 6 dB, 12 dB, 18 dB, or 24 dB per
octave.

Q control

Chapter 4: EQ IlI

1-Band EQ Il

The Frequency Graph display in the 1-Band EQ
shows a control dot that indicates the center fre-
quency (Peak, Shelf and Notch Filters) or the cutoff
frequency (High Pass and Low Passfilters) for the
currently selected filter type.

Control dot

Frequency
response
curve

Frequency Graph display

Input Level and
Polarity controls Frequency Graph

display

EQ Type Gain, Freq and
selector Q controls

1-Band EQ

The 1-Band EQ may be set to any one of six EQ
types: High Pass, Notch, High Shelf, Low Shelf,
Peak, and L ow Pass, by clicking the corresponding
iconin the EQ Type selector.

17



Band Controls

Theindividual EQ types have some combination of
the following controls, as noted below.

Control Value

Frequency Range (All) 20 Hz to 20 kHz

Frequency Default (All) 1 kHz

Q Range (Low/High Shelf) 0.1to 2.0
Q Range (Peak/Notch) 0.1to0 10.0
Q Default (All) 1.0

Gain Range (Low/High Shelf) | =12 dB to +12 dB

-18 dB to +18 dB

High Peak Gain Range

1-Band EQ Il Types
High Pass Filter

The High Passfilter attenuates all frequencies be-

low the Frequency setting at the selected rate (6 dB,
12 dB, 18 dB, or 24 dB per octave) whileletting al
frequencies above pass through. No gain control is
available for thisfilter type.

Track Fresst S Amn Map B

st 1 0 <tozmney defavir TN Fassary Oufeuli Man BPASS
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1-Band EQ set to High Pass Filter
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Notch Filter

The Notch Filter attenuates a narrow band of fre-
guencies centered around the Frequency setting.
No gain control is available for this EQ type. The
width of the attenuated band is determined by the Q
setting.

Frosst = Ao Map (=)
iy P ecy Oty wvrass
TR rCoweRET  narT NoConteed  LEARN nar

1-Band EQ set to Notch Filter

High Shelf EQ

The High Shelf EQ boosts or cuts frequencies at
and above the Frequency setting. The amount of
boost or cut is determined by the Gain setting. The
Q setting determines the shape of the shelving
curve.

Track Preset = Ao Map (=]
sy W iy g
03 1 and RS (SN sAFT NMoCoatrsl LEARN

1-Band EQ set to High Shelf EQ
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Low Shelf EQ

TheLow Shelf EQ boostsor cutsfrequenciesat and
below the Fregquency setting. The amount of boost
or cut is determined by the Gain setting. The Q set-
ting determines the shape of the shelving curve.

1-Band EQ set to Low Shelf EQ
Peak EQ

The Peak EQ boosts or cuts a band of frequencies
centered around the Frequency setting. The width
of the affected band is determined by the Q setting.

1-Band EQ set to Peak EQ
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Low Pass Filter

The Low Passfilter attenuates all frequencies
above the cutoff frequency setting at the selected
rate (6 dB, 12 dB, 18 dB, or 24 dB per octave)
whileletting all frequencies below pass through.
No gain control is available for thisfilter type.

1-Band EQ set to Low Pass Filter
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7-Band EQ 11

The 7-Band EQ has the following available bands: High Pass/Low Notch, Low Pass/High Notch,
Low Shelf/Low Peak, Low Mid Peak, Mid Peak, High Mid Peak, and High Shelf/High Peak.

All seven bands are available for simultaneous use. I n the factory default setting, the High Pass/Low Notch
and Low Pass/High Notch bands are out of circuit, the Low Shelf and High Shelf bands are selected and in
circuit, and the Low Mid Peak, Mid Peak, High Mid Peak bands arein circuit.

Input/Output Level meters

Input/Output Level
) and
Polarity controls

=0=5

High Pass/ Frequency Graph
Low Notch OO 06y Display
m(’) ()
@.m (C] @ @
Lov\I/1 Pass/h L= =
High Not oY — e Cr—— OO
1gh ote —@ [F— () —@ —
o T O e e ) e O mea @
Qiien’ D’ i’ Do @)iiem
= ® =D =D =D =D
| I | | o
Low Mid High
Shelf/Peak ) Peak ) _ Shelf/Peak
Low Mid High Mid
Peak Peak
7-Band EQ
Chapter 4: EQ IlI 20



7-Band EQ Ill High Pass/Low
Notch

The High Pass/Notch band is switchable between
high passfilter and notch EQ functions. By defaullt,
this band is set to High Pass Filter.

High Pass Filter Attenuates all frequencies below
the Frequency setting at the selected slope while
letting all frequencies above pass through.

Low Notch EQ Attenuates a narrow band of fre-
quencies centered around the Frequency setting.
The width of the attenuated band is determined by
the Q setting.

7-Band EQ Ill Low Pass/High
Notch

The Low Pass/Notch band is switchable between
low passfilter and notch EQ functions. By default,
this band is set to Low Pass Filter.

Low Pass Filter Attenuates all frequencies above
the Frequency setting at the selected slope while
letting all frequencies below pass through.

High Notch EQ Attenuates a narrow band of fre-
quencies centered around the Frequency setting.
The width of the attenuated band is determined by
the Q setting.

High Pass Filter

Low Notch EQ

Low Pass Filter

HigrE)Notch EQ

button button
Band Band
Enable Enable
button button

Frequency Slope
control  control

Frequency Q
control  control

High Pass filter (left) and Low Notch EQ (right)

The High Pass and Low Notch EQ controls and
their corresponding graph elements are displayed
on-screenin gray. Thefollowing control valuesare
avalable:

button utton
Band Band
Enable Enable
button button

Frequency Slope

Frequency Q

control ~ control control  control

Low Pass filter (left) and High Notch EQ (right)

The Low Pass and High Notch EQ controls and
their corresponding graph elements are displayed
on-screenin gray. Thefollowing control valuesare
avalable:

Control Value

Control Value

Frequency Range 20 Hz to 8 kHz

Frequency Range 120 Hz to 20 kHz

Frequency Default 20 Hz

Frequency Default 20 kHz

HPF Slope Values 6, 12, 18, or 24 dB/oct

HPF Slope Values 6, 12, 18, or 24 dB/oct

Low Notch Q Range 0.1to 10.0

High Notch Q Range 0.1to 10.0

Low Notch Q Default 1.0

High Notch Q Default | 1.0

Chapter 4: EQ IlI
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7-Band EQ 11l Low Shelf/Low
Peak

The Low Shelf/Peak band is switchable between
low shelf EQ and low peak EQ functions. By de-
fault, this band is set to Low Shelf.

Low Shelf EQ Boosts or cutsfrequencies at and be-
low the Frequency setting. The amount of boost or
cut isdetermined by the Gain setting. The Q setting
determines the shape of the shelving curve.

Low Peak EQ Boosts or cuts aband of frequencies
centered around the Frequency setting. The width
of the affected band is determined by the Q setting.

Low Shelf EQ Low Peak EQ
button button
Q Q
control control
Band Band
Enable Enable
button button
@ 5. FREQ @
) e |4
GM-I-
[ ooaef
Gain Gain
control control
Frequency Frequency
control control

Low Shelf EQ (left) and Low Peak EQ (right)
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The Low Shelf and Low Peak Gain controls and
their corresponding graph elements are displayed
on-screen in red. The following control values are
available:

Control Value

Frequency Range 20 Hz to 500 Hz

Frequency Default 100 Hz
Low Shelf Q Range 0.1t0 2.0
Low Peak Q Range 0.1to0 10.0
Q Default 1.0

Low Shelf Gain Range | —12 dB to +12 dB

Low Peak Gain Range | —18 dB to +18 dB

7-Band EQ 11l Low Mid Peak

The Low Mid Peak band boosts or cutsfrequencies
centered around the Frequency setting. The width
of the band is determined by the Q setting.

control

Frequency
control

Gain
control

Low Mid Peak EQ

The Low Mid Gain control and its corresponding
graph elements are displayed on-screen in brown.
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The following control values are available:

Control

Value

Frequency Range

40 Hz to 1 kHz

Frequency Default 200 Hz
Low Mid Peak Q Range 0.1t010.0
Low Mid Peak Q Default 1.0

Low Mid Peak Gain Range

-18 dB to +18 dB

7-Band EQ Il Mid Peak

The Mid Peak band boosts or cuts frequencies cen-
tered around the Frequency setting. The width of

the band is determined by the Q setting.

Band
Frequency Enable
control button
Gain
control
Mid Peak EQ

The Mid Gain control and its corresponding graph
elements are displayed on-screen in yellow. The

control

following control values are available:

7-Band EQ Il High Mid Peak

TheHigh Mid Peak band boosts or cutsfrequencies
centered around the Frequency setting. The width
of the band is determined by the Q setting.

Q
control

Band
Frequency Enable
control button

Gain
control

High Mid Peak EQ

The High Mid Gain control and its corresponding
graph elements are displayed on-screen in green.
The following control values are available:

Control Value

Frequency Range 200 Hz to 18 kHz

Frequency Default 2 kHz

Mid Peak Q Range 0.1to 10.0

Mid Peak Q Default 1.0

Mid Peak Gain Range | —18 dB to +18 dB

Control

Value

Frequency Range

125 Hz to 8 kHz

Frequency Default 1 kHz
Mid Peak Q Range 0.1to 10.0
Mid Peak Q Default 1.0

Mid Peak Gain Range

-18 dB to +18 dB

Chapter 4: EQ IlI
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7-Band EQ 11l High Shelf/High The High Shelf and High Peak Gain controls and

Peak their corresponding graph elements are displayed
The High Shelf/Pesk band is switchable between z\rllalslc;bele: in blue. Thefollowing control valuesare
high shelf EQ and high peak EQ functions. By de- ’
fault, this band is set to High Shelf. Control Value
High Shelf EQ Boosts or cuts frequencies at and Frequency Range 1.8 kHz to 20 kHz
above the Frequency setting. The amount of boost
or cut is determined by the Gain setting. The Q set- Frequency Default 6 kHz
ting determines the shape of the shelving curve. High Shelf Q Range 0.1102.0
High Peak EQ Boosts or cuts aband of frequencies High Peak Q Range 0.11010.0
centered around the Frequency setting. The width
of the affected band is determined by the Q setting. | Q Pefault Lo
High Shelf Gain Range —12 dBto +12 dB
High Shelf EQ High Peak EQ
button button High Peak Gain Range —-18 dB to +18 dB
control control
Band Band
Enable Enable
button button

Gain Gain
control control

Frequency Frequency
control control

High Shelf EQ (left) and High Peak EQ (right)
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Frequency Graph Display
(7-Band EQ Only)

The Frequency Graph display in the 7-Band EQ shows a color-coded control dot that corresponds to the

color of the Gain control for each band. Thefilter shape of each band issimilarly color-coded. Thewhitefre-

quency response curve shows the contribution of each of the enabled filtersto the overall EQ curve.

Low Mid High
control dot control dot control dot
(red) (yellow) (blue)

Frequency
response
curve

High Pass Low Mid High Mid Low Pass
control dot control dot control dot control dot
(gray) (brown) (green) (gray)

Frequency Graph display for the 7-Band EQ

Chapter 4: EQ IlI
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Chapter 5: Focusrite D2

Focusrite D2 is a high-quality digital equalizer
plug-in for Pro Tools. Developed in cooperation
with Focusrite, the D2 is based on the highly-ac-
claimed Red Range 2™ dual EQ, designed by Ru-
pert Neve. It provides up to six simultaneous bands
of EQ, including: high-pass, low-shelf, low-mid
peak, high-mid peak, high-shelf, and low-pass fil-
ters. D2 includes a highly accurate Cartesian graph
that displays EQ curvesin real-time as EQ controls
are adjusted.

D2 isavailablein DSP, Native, and AudioSuite
formats.

D2 supports 44.1 kHz, 48 kHz, 88.2 kHz, 96 kHz,
176.4 kHz and 192 kHz sample rates.

D2 operates as a mono, multi-mono, or stereo
plug-in.
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Focusrite D2
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D2 Configurations

There are three configurations of the Focusrite D2
plug-in.

1-2 Band EQ

D2 1-2 Band can use up to two filters simultane-
oudly, depending on which you enable. The high-
pass, low-shelf, and low-passfilterseach utilizethe
entire module and cannot be used in combination
with another filter. The low-mid peak, high-mid
peak, or high-shelf filters can be used in combina-
tion with each other (up to two bands total).

4-Band EQ

D2 4-Band can use up to four filters smultane-
ously. Any combination of filters can be engaged,
up to atotal of four bands.

6-Band EQ

D2 6-Band can use up to six filters simultaneously.
Any combination of filters can be engaged, upto a
total of six bands. By default, the low-pass and
high-pass filters are in Bypass mode when the
6-Band EQ isfirst opened.
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D2 Controls

Input Level

Input Level allows you to attenuate signal input
level to the D2. The range of this control isfrom
-18dB to +12 dB.

When you use D2 in stereo, each channel hasits
own separate Input Level knob. To adjust input lev-
elsfor both channels simultaneously, select the
Link button, then drag either knob.

-

&IH

0.0
input Level

Output Level

Output Level allows you to adjust the overall out-
put gain. The range of this control isfrom —18 dB
to +12 dB.

Output Level

When you use the D2 plug-in in stereo, each chan-
nel hasits own separate output level knob. To ad-
just output levelsfor both channel ssimultaneously,
select the Link button.

Chapter 5: Focusrite D2

Meters

The D2 high-resolution plasma-style meters indi-
cate signal levels and detect clipping at the input,
algorithm, or output stage. When D2 isused in ste-
reo, two meters appear, one for each channel.

A Clip Indicator is located above each meter. It in-
dicates clipping by increasing its brightness as suc-
cessive samples are clipped. Click the Clip Indica-
tor to clear it. Option-clicking (Mac) or Alt-
clicking (Windows) clears both channels when D2
isused in stereo.

Meters (Stereo mode)

The following metering indications are used:

» Green = nomind levels

* Yellow = pre-clipping at —6 dB below full scale
signa

» Red =full scale signa (clipping)
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Frequency Display

The frequency display isavisual representation of
the current EQ settings. As you adjust the controls
of any currently active filter, the display plotsthe
changesto the EQ curveinrea-time. If you are us-
ing D2 in stereo, the frequency display showsthe
EQ curve for the right channel in red and the left
channel in blue.

Cartesian Graph

Q Toreset all D2 controlsto their default
" settings, Option-click (Mac) or Alt-click
(Windows) the frequency display. To
reset controls for both channelswhenin
Stereo mode, Option-Shift-click (Mac) or
Alt-Shift-click (Windows) the frequency
display.
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EQ Filter Controls

Each of the six different EQ filters hasits own con-
trolsand itsown icon. Theicons act as three-state
switches for enabling, disabling, or bypassing the
specific filter. The current state of afilter isindi-
cated by its color:

* White = enabled. In this state the filter is active,
audible, and using available DSP resources.

« Black = disabled. In this state the filter is not us-
ing any DSP resources and has no effect on au-
dio.

 Gray = bypassed. In this state the filter is not ac-
tive, but is still using available DSP resources.
The effect of thefilter is not audible.
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High-Pass Filter

The 18 dB/octave High-Pass Filter provides aro-
tary control for adjusting the corner (cutoff) fre-
guency, variable from 20 Hz to 6.4 kHz.

@

20.0 Hz

High-Pass Filter

Low-Shelf Filter

The Low-Shelf Filter providestwo rotary controls:
The upper rotary control adjusts the corner fre-

guency, variable from 33 Hz to 460 Hz. The lower
rotary control adjusts thefilter’ samplitude gain or
attenuation. Amplituderangeis+15 dB from unity.

20.0Hz \\'\

-4

o,

Low-Shelf Filter
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Low-Mid Peak Filter

The Low-Mid Peak Filter provides three rotary
controls. The upper rotary control adjuststhe center
frequency, variable from 33 Hz to 6.4 kHz. The
lower left rotary control adjusts the filter’s ampli-
tude gain or attenuation. Amplitude rangeis

+15 dB from unity (utilizing areciprocal curve for
both gain and attenuation). The lower right rotary
control adjustsfilter “*Q” whichisvariablefrom 0.7
to 4.0.

Low-Mid Peak Filter

High-Mid Peak Filter

The High-Mid Peak Filter provides three rotary
controls. The upper rotary control adjuststhe center
frequency, variable from 120 Hz to 18 kHz. The
lower left rotary control adjusts the filter’s ampli-
tude gain or attenuation. Amplitude rangeis

+15 dB from unity (utilizing areciprocal curve for
both gain and attenuation). The lower right rotary
control adjustsfilter “Q” whichisvariablefrom 0.7
to 4.0.

High-Mid Peak Filter
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High-Shelf Filter

The High-Shelf Filter providestwo rotary controls:

The upper rotary control adjusts the corner fre-
guency, variable from 3.3 kHz to 18 kHz. The
lower rotary control adjusts the filter's amplitude
gain or attenuation. Amplitude range is +15 dB
from unity.

12.0 kHz pem
-
- +

o

High-Shelf Filter

Low-Pass Filter

The 18 dB/octave Low-Pass Filter provides aro-
tary control for adjusting the filter's cutoff fre-
guency, variable from 100 Hz to 18 kHz.

Low-Pass Filter
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Enabling, Disabling and
Bypassing EQ Filters

Y ou can enable, disable, or bypass specific EQ fil-
ters by clicking them.
To disable afilter:

= Control-click (Mac) or Start-click (Windows)
the EQ Filter icon. When disabled, theicon is
black.

To re-enable a filter:

= Click the EQ filter icon. When enabled, theicon
iswhite.

To bypass afilter:

= Click the EQ filter icon asecond time. When by-
passed, theiconis gray.

A\ 'fyouareusingall availablebandsof the 1-2
Band or 4-Band EQ and want to change fil-
ter types, you must disable one filter before
you can enable a different one.
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Using D2 in Stereo

Because Focusrite D2 has asingle set of Filter con-
trol knobs, whenitisused in stereo, you must select
which channel, left or right, you want to edit.

Left Channel and Right Channel
Buttons

The Left Channel and Right Channel buttons are
used to select which controls are active.

right

L

Left Channel, Right Channel, and Link buttons
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Link Button

The Link button lets you adjust controls for both
channels simultaneously. By default, Link modeis
enabled so that you can maintain parity between
channels.

Y ou can a so use Link modeto help you maintain a
relative offset between control settings on the two
channels.

To maintain an offset between channels:

1 Desdlect the Link button.

2 Select achannel button, left or right, and adjust
the controls for that channel.

3 Select Link mode and adjust the same controls
for the opposite channel. D2 will maintain the
relative offset between the two channels.

Q To copy the control settings of the active
channel to the opposite channel, Option-click
(Mac) or Alt-click (Windows) while linking
channels.
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Chapter 6: JOEMEEK VC5 Meequalizer

The JOEMEEK VC5 Meequalizer isan EQ plug-in
that is availablein DSP, Native, and AudioSuite
formats.

VC5 supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

V/ C5 operates as a mono, multi-mono, or stereo
plug-in.
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JOEMEEK Meequalizer VC5 EQ

The VC5 offers simple controls with incredibly
warm, musical results. Among countless other
achievements, Joe Meek built custom gear to get
the sounds in his head onto tape. One device was a
treble and bass circuit with a sweepable mid con-
trol, built into atiny tobacco tin. The Meequalizer
V C5 virtually recreates the exact circuitry used by
Joe Meek in this device.
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JOEMEEK Meequalizer
Controls

Operation of the Meequalizer is simple and to the
point.

Bass The Bass control adjusts low frequencies
+11.

Mid and Mid Freq The Mid and Mid Freq controls
alow youto adjust mid frequencies, from 500Hz to
3.5KHz, +11.

Treble The Treble control adjusts high frequencies
+11.

Gain The Gain control allows you to adjust the out-
put level £11.
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Chapter 7: Pultec Plug-Ins

ThePultec plug-insareaset of EQ plug-insthat are
availablein DSP, Native, and AudioSuite formats.
The following plug-ins are included:

* Pultec EQP-1A

* Pultec EQH-2

* Pultec MEQ-5

The Pultec plug-ins support 44.1 kHz, 48 kHz,

88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

The Pultec plug-ins operate as mono, multi-mono,
or stereo plug-ins.

Pultec EQP-1A

The Pultec EQP-1A provides smooth, sweet EQ
and an extremely high quality tube audio signa
path. Useit on individual tracks, critical vocals, or
even acrossastereo mix for mastering applications.

......

Pultec EQP-1A
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Built in the early 1960s, the Pultec EQP-1A offers
gentle shelving program equalization on bass and
highs, and offers a variable bandwidth peak boost
control. A custom (and secret) filter network pro-
vides al its equalization functionality. Quality
transformersinterfaceit to real-world studio equip-
ment. A clean and well-designed tube amplifier
provides a fixed amount of make-up gain.

Pultec EQP-1A Controls

Low Frequency Section Adjust low frequencies
using the Boost and Atten knobs and the Low Fre-
guency switch, located at the left side of the unit.
All low-frequency equalization isagentle shelving
type, 6 dB per octave.

High Frequency Boost Section Boost mid and
high frequencies using the Bandwidth and Boost
knobs and the High Fregquency switch.

High Frequency Attenuate Section Cut high fre-
guencies using the Atten knob and the Atten Sel
switch located at the right side of the plug-in.

Use caution, because the Sharp bandwidth setting
resultsin up to 10 dB higher output than Broad
bandwidth at maximum Boost, just like on the orig-
inal. But don't feel like you're getting cheated.
Consider anything that encouragesvery careful and
infrequent use of peaky boosts to be aVery Good
Thing.
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Pultec EQH-2

The Pultec EQH-2 isaprogram equalizer similar to
the Pultec EQP-1A. It is designed to provide
smooth equalization across final mixes or individ-
ual tracks.

Prosut 5 Aale Map
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Pultec EQH-2

The Pultec EQH-2 offers three equalization sec-
tions: low frequency boost and attenuation, mid-
range boost only, and 10k attenuation. Like its
EQP-1A sibling, it features high-quality transform-
ers and atube gain stage. But unlike the EQP-1A,
the tube stage in the EQH-2 is a push-pull design.
As aresult, the EQH-2 offers a beefier tone.

Pultec EQH-2 Controls

Low Frequency Section Adjust low frequencies
using thetop row of Boost and Atten knobsand the
CPS (cycles per second) switch. All low-frequency
equalization is a gentle shelving type, 6 dB per oc-
tave.

High Frequency Boost Section Boost mid and
high frequencies using the KCS (kilocycles per
second) and Boost knobs on the second row.

High Frequency Attenuate Section Cut high fre-
guencies using the 10k Atten knob located at the
right side of the plug-in.
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Pultec MEQ-5

The Pultec MEQ-5 is the most unique equalizer in
the Pultec family. It is particularly useful onindi-
vidual tracks during mixdown.
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Pultec MEQ-5

Pultec MEQ-5 Controls

The Pultec MEQ-5 offers three equalization sec-
tions: low frequency boost, mid frequency boost,
and wide-range attenuation. Like al Pultecs, it fea-
tures quality transformers and a tube gain stage.

Low Frequency Peak Boost low frequencies (200,
300, 500, 700, 1000 Hz) using the upper left con-
trols.

Mid Frequency Peak Boost mid-frequencies(1.5Kk,
2k, 3k, 4k, 5k) using the controls at the upper right.

Wide-Range Dip Cut frequencies using Dip con-
trols on the bottom row.
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Pultec Tips and Tricks

“Q” and A

Y ou may wonder why the Pultec EQP-1A has sep-
arate knobs for boost and cut. The short answer is
that they connect to different circuitry in the unit.

Y ou can use the “extra’ knob to your advantage.
Because the filters are not phase perfect, a Boost
setting of 3 and an Atten setting of 3 can make a
huge difference, even though a frequency plot
wouldn’t show much difference in tone. You're
hearing the phase shift, not the tone shift.

Our ears are very sensitive to phase, and using the
two knobstogether, you can adjust phase at the low
end while also making tonal adjustments.

Onthehigh end, you can set Boost to 10k and Atten
to 10k, then adjust Boost and Atten simultaneously.
However, because Boost is a peak equalizer and
Atten is ashelving equalizer, the results are much
different, and you don't get independent control of
phase.

“Q” and Boost

In the high frequency boost section, the Bandwidth
and Boost controls affect one another. Thisis dif-

ferent from modern equalizers, where adjusting Q
typically doesn’t affect the amount of equalization

applied.
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Guitars

Have multiple guitars that sound like mush in the
mix? The Pultec MEQ-5isaclassictool for achiev-
ing amazing guitar blends. Try boosting one guitar
and cutting another to achieve an octave of separa-
tion. For example, cut one guitar using 1.5

(1500 Hz) Dip, then boost the other using 3

(3000 Hz) Peak. View the matched pairs of presets
(such as Guitar 1A and 1B or 2A and 2B) for fur-
ther examples of this technique.
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Chapter 8: BF-2A

BF-2A isavintage-style compressor plug-inthat is
availablein DSP, Native, and AudioSuite formats.

BF-2A supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

BF-2A operates as a mono, multi-mono, or stereo
plug-in.
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BF-2A

Designed and manufactured in the early 1960s, the
LA-2A achieved wide acclaim for its smooth com-
pression action and extremely high quality audio
signal path. The BF-2A has been meticulously
crafted to capture every nuance of the legendary
LA-2A tube studio compressor, providing the most
authentic vintage compression sound available.
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Originaly designed as alimiter for broadcast au-
dio, a Comp/Limit switch was added to LA-2A
compressors after serial number 572. The subse-
quent addition of aComp (Compress) setting made
the LA-2A even more popular for usein audio pro-
duction. However, the switch was inconveniently
located on the back of the unit next to the terminal
strips and tube sockets in the original version. In
the BF-2A plug-in, the switch has been placed on
the front panel, where you can make better use of it.

The heart of the LA-2A isits patented T4B
Electro-Optical Attenuator, which provides the
compression action. The T4B consists of a photo-
conductive cell, which changes resistance when
light strikesiit. It is attached to an el ectrolumines-
cent panel, which produces light in response to
voltage. Audio (voltage) is applied to the light
source, and what happens as the audio converts to
light and back to voltage givesthe LA-2A its
unigque compression action (BF-2A preservesall
the subtle characteristics of this unique electronic
circuit). After compression, gain brings the signa
back toitsorigina level. The LA-2A’ sgain comes
from atube amplifier, which imparts further char-
acter to the tone. In fact, it’s common to see engi-
neers using the LA-2A simply as aline amp, with-
out any compression applied to the signal.

One beautiful side effect of the LA-2A’s elegant
designisthat it's easy to hear the compression ac-
tion. Whenthe BF-2A’ stwo knobsare set properly,
you know you got it right.
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BF-2A Controls

The Peak Reduction and Gain controls combine
with the Comp/Limit switch to determine the
amount and sound of the compression. The follow-
ing controls and meters are provided:

Gain Gain providesmakeup gainto bring thesignal
back after passing through peak reduction.

Peak Reduction Peak Reduction controls the
amount of signal entering the side-chain, whichin
turn affects the amount of compression and the
threshold. The more Peak Reduction you did in,
the more “squashed” the sound. Too little peak re-
duction and you will not hear any compression ac-
tion; too much and the sound becomes muffled and
dead sounding.

Comp/Lim The Comp/Limit switch affects the
compression ratio. The common setting for audio
production is Comp, which provides a maximum
compression ratio of approximately 3:1. In Limit
mode, the unit behaves more like a broadcast lim-
iter, with a higher threshold and compression ratio
of approximately 12:1.

Meter Both Gain Reduction and Output metering
are provided. The Meter knob operates as follows:

* When set to Gain Reduction, the meter needle
moves backward from 0 to show the amount of
compression being applied to the signal in dB.

» When set to Output, the needle indicates the out-
put level of the signal. The meter is calibrated
with 0 VU indicating —18 dBFS.
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Using the BF-2A Side-Chain
Filter

The BF-2A provides an extra, a side-chain filter,
that does not have a control on the plug-in inter-
face, but that can be accessed on-screen through
Pro Tools automation controls. In addition, the
side-chain filter can be adjusted directly from any
supported control surface.

Thisside-chainfilter reproducesthe effect of an ad-
justable resistor on the back panel of the LA-2A.
Thiscontrol cutsthe low frequenciesfrom the side-
chain, or control signal, that determinesthe amount
of gain reduction applied by the compressor.

By increasing the value of the side-chain filter, you
filter out frequencies below 250 Hz from the con-
trol signal, and decrease their effect on gain reduc-
tion.

+ A setting of zero meansthat the filter is not ap-
plied to the side chain signal.

« A setting of 100 meansthat al frequencies be-
low 250 Hz are filtered out of the side chain signal.

To access the side-chain filter on-screen:

1 Click the Plug-In Automation button in the
Plug-In window to open the Automation Enable
window.

2 Inthelist of controls at the left, click to select
Side-Chain Filter and click Add (or just double-
click acontrol in thelist).

3 Click OK to close the plug-in automation win-
dow.
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4 Inthe Edit window, do one of the following:

» Click the Track View selector and select Side-
Chain Filter from the BF-2A sub-menu.

* Revea an Automation lane for the track, click
the Automation Type selector and select Side-
Chain Filter from the BF-2A sub-menu.

5 Edit the breakpoint automation for the BF-2A
side-chainfilter. Control rangeisfrom O (the de-
fault setting where no filtering is applied to the
side-chain) to 100% (maximum side-chain fil-
tering).

To access the side-chain filter from a control
surface:

1 Focusthe BF-2A plug-in on your control sur-
face.

2 Adjust the encoder or fader current targeting the
Side-Chain Filter control.

For moreinformation on plug-in automation,
see the Pro Tools Reference Guide
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BF-2A Tips and Tricks

AudioSuite Processing

When using the AudioSuite version of the BF-2A,
be sure to select an auxillary side-chain input (nor-
mally the track you're processing). The default is
“None” and if you leaveit set like this, thereis
nothing feeding the detector and you will not hear
any compression action.

Line Amp

Turn the Peak Reduction knob full counterclock-
wise (off) and use the Gain control to increase the
signal level. Although the BF-2A does not com-
press the sound with these settings, it still addsits
unique character to the tone.

Feed the BF-2A into the BF76

Or vice versa. Glynn Johns (who has worked with
the Stones, the Who, and others) popularized the
early ‘ 70s British trick of combining aslower com-
pressor with afaster one. The effect can produce
very interesting sounds! Try applying Peak Reduc-
tion using the BF-2A, then squash the missed at-
tacks using the faster BF76.
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Chapter 9: BF-3A

BF-3A isavintage-style compressor plug-inthat is
availablein DSP, Native, and AudioSuite formats.

BF-3A supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz, and 192 kHz sample rates.

BF-3A operates as a mono, multi-mono, or stereo
plug-in.
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BF-3A

BF-3A isbased on the classic LA-3A that adds a
smoothness and sonic texture that makes sounds
jump right out of the mix. Designed and manufac-
tured in the late 1960s, the original LA-3A shares
many components in common with the LA-2A
compressor. Just like the LA-2A, the heart of the
LA-3A isthe T4B Electro-Optical Attenuator. This
isadevicethat convertsaudioto light and back and
islargely responsiblefor the compression character
of the unit.
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While the LA-2A’s gain comes from a tube ampli-
fier, the LA-3A's gain comes from a solid-state
(transistor) amplifier. Thisgivesthe LA-3A asolid
midrange and more aggressive tone. Other subtle
modifications change the behavior of the T4B,
causing it to respond differently—particularly in
response to percussive material.

The LA-3A isfamous for its unique sonic imprint
on guitar, piano, vocals and drums. Because it's so
easy to control, you'll be getting classic tonesin no
time with the BF-3A.

BF-3A Controls

The Peak Reduction and Output Gain controls
combine with the Comp/Limit switch to determine
the amount and sound of the compression. The fol-
lowing controls and meters are provided:

Peak Reduction Peak Reduction controls the
amount of signal entering the side-chain. The more
Peak Reduction you dial in, the more “sguashed’
and compressed the sound will be. Too little peak
reduction and you won't hear any compression ac-
tion; too much and the sound becomes muffled and
dead sounding.

Output Gain Output Gain provides makeup gain to
make the signal louder after passing through the
peak reduction.
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Comp/Lim The Comp/Limit switch affects the
compression ratio. The common setting for audio
production is Comp, which provides a maximum
compression ratio of approximately 3:1. In Limit
mode, the unit behaves more like a broadcast lim-
iter, with a higher threshold and compression ratio
of approximately 15:1.

Meter Both Gain Reduction and Output metering
are provided. The Meter knob operates as follows:

* When set to Gain Reduction, the meter needle
moves backward from 0 to show the amount of
compression being applied to the signal in dB.

¢ When set to Output, the needle indicates the out-
put level of the signal. The meter is calibrated
with 0 VU indicating —18 dBFS.

BF-3A Tips and Tricks

AudioSuite Processing

When using the AudioSuite version of the BF-3A,
be sure to select an auxillary side-chain input (nor-
mally the track you are processing). The default is
“None”’ and if you leave it set like this, thereis
nothing feeding the detector and you will not hear
any compression action.

Line Amp

Turn the Peak Reduction knob full counterclock-
wise (off) and use the Gain control to increase the
signal level. Although the BF-3A does not com-
press the sound with these settings, it still adds its
unique character to the tone.

Chapter 9: BF-3A
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Chapter 10: BF76

BF76 is a vintage-style compressor plug-in that is
availablein DSP, Native, and AudioSuite formats.

BF76 supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

BF76 operates as a mono, multi-mono, or stereo
plug-in.

BF76

Modeled after the solid-state 1176 studio compres-
sor, BF76 preserves every sonic subtlety of this
classic piece of studio gear.

The 1176 Compressor, originally introduced in the
late 1970s, usesa FET (field-effect transistor). The
1176 also uses solid state amplification. The 1176
still provides an extremely high quality audio sig-
nal path, but because of these internal differences,
offers amuch different compression sound than
other compressors.

Four selectable compression ratios are provided,
along with controls allowing variable attack and re-
lease times.
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BF76 Controls
BF76 provides the following controls:

Input Thelnput control setstheinput signal level to
the compressor, which, in the 1176 design, deter-
mines both the threshold and amount of peak re-
duction.

Output The Output control setsoutput level. Useit
to bring the signal back to unity after applying gain
reduction.

Attack and Release The Attack and Release con-
trols set the attack and release times of the com-
pressor. Full counterclockwise is slowest, and full
clockwiseisfastest. Attack timesvary between 0.4
milliseconds to 5.7 milliseconds. Release times
vary between 60 and 1,100 milliseconds.

Ratio The Ratio Push switches select the compres-
sion ratio from 4:1 to 20:1.

Meter The Meter Push switches affect the meter-
ing.
¢ GR shows the amount of gain reduction.

e —18 and —24 show the output level (calibrated so
that OVU indicates —18dB FS and —24dB FSre-
spectively).

* The“Off” switch turns off the meter.
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BF76 Tips and Tricks

AudioSuite Processing

When using the AudioSuite version of BF76, be
sureto select aside-chain input (normally the track
you are processing). The default is“None” and if
you leaveit set likethis, there' snothing feeding the
detector and you won’'t hear any compression ac-
tion.

Unexpected Visit from A&R
Weevil Yields Instant Hit Mix

A favorite feature on one megabuck mixing con-
soleisitsstereo bus compressor. With theflick of a
switch, apunchy 8:1 compressor grabs the current
mix producing “instant radio hit.” It’ s also a handy
way to make quick headphone submixes when
tracking overdubs.

Give the Kids What They Want

Shift-click one of the Ratio Push switchesto enable
the “All Buttons In” mode. The compression ratio
isstill only 20:1, but the knee changes drastically
and the compressor starts (mis)behaving alittle bit
like an expander—watch the meter for details. Hey,
try it—sometimes it even sounds good.
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Selecting Proper Attack and
Release Times

Ason the original unit, setting either the attack or
release time too fast generates signal distortion.
Again, this may or may not be a effect. A good
starting point for attack and releaseis“6” and “3”
(the defaults), and you can adjust as follows:

When compressing, use the slowest attack you can
that preserves a dynamic range. Faster attacks re-
move the “punch” from the performance; slower
attacksinhibit the compression you need to smooth
things out.

When limiting, use the fastest attack time you can
before you start to hear signal distortion in the low
end. With BF76, the attack time ranges from “in-
credibly fast” to “really damn fast” by modern stan-
dards. It can be hard to hear the difference.

Release times are more critical with BF76. To set
release times, listen for loud attacks and what hap-
pensimmediately after the peaks. Set the release
time fast enough that you don’t hear unnatural dy-
namic changes, but slow enough that you don’t
hear unnecessary pumping between two loud pas-
sagesin rapid succession.
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Chapter 11: Channel Strip

Avid Channel Stripisavailablein DSP, Native, and
AudioSuite formats. Channel Strip provides EQ,
Dynamics, Filter, and Gain effects. Channel Strip
processing agorithms are based on the award win-
ning Euphonix System 5 console channel strip ef-
fects.
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Channel Strip, Compressor/Limiter tab shown

Chapter 11: Channel Strip

Channel Strip supports 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

Channel Strip supports mono, stereo, and greater-
than-stereo multichannel formats up to 7.1.

A\ Greater-than-stereo formats are only
available with Pro Tools HD.

In addition to standard knob and fader controls,
Channel Strip also provides a graph to track the
gain transfer curve for the Expander/Gate, Com-
pressor/Limiter, and Side Chain effects, and a Fre-
guency Graph display that shows the response
curve for the current EQ setting on a two-dimen-
sional graph of frequency and gain. The frequency
graph display also|etsyou modify frequency, gain,
and Q settingsfor individual EQ bands by dragging
their corresponding pointsin the graph.

Channél Strip providesdifferent sectionsfor signal
metering and gain adjustment, signal path ordering,
dynamics processing, and equalization and filter-
ing.
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Channel Strip Sections and
Panes

The Channel Strip plug-in window is organized in
several sections: Input, FX Chain, Output, Dynam-
ics, and EQ/Filters. The Dynamics and EQ/Filters
sections can be independently shown or hidden.
Thislets you access controls or free up screen
space, depending on your needs.

When showing the Dynamics or EQ/Filters sec-
tions, several tabbed panesof controlsareavailable
for each section. Y ou can click atab to show the
controlsfor that tabbed pane. For Expand/Gate and
Compressor/Limiter, and also for the For the EQ
and Filter effects, clicking the corresponding con-
trol point on the graph display automatically shows
the tab for Expander/Gate or the Compressor/Lim-
iter, or the corresponding EQ band or Filter.

Showing or Hiding the Dynamics
and EQ/Filters Sections

Y ou can independently show or hide the Dynamics
and EX/Filters sections of the Channel Strip plug-
in to use less screen space. These sections are
shown by default.
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Channel Strip, Dynamics section hidden

To hide (or show) the Dynamics or EQ/Filters
section of the plug-in window:

= Click the Show/Hide triangle to the left of the
section you want to show or hide.
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Disabling or Enabling Channel
Strip Effects

Y ou can independently disable effectsin the Dy-
namics and EX/Filters sections of the Channel
Strip plug-in. For example, you may want to apply
Comp/Limit processing to the signal, but not
Exp/Gate; or, you may want to only apply only a
high passfilter.
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Dynamics section, Exp/Gate disabled

To enable effects in the Dynamics or EQ/Filters
section:

= Click the Enable/Disable button for the effect
you want to enable so that it is highlighted.

To disable effects in the Dynamics or EQ/Filters
section:

= Click the Enable/Disable button for the effect

you want to disable so that it is not highlighted.
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Listen Mode

The Side Chain tab in the Dynamics section, and
the EQ and Filter tabs in the EQ/Filter section pro-
vide a Listen button.

+ When enabled for the Side Chain, Listen mode

letsyou hear theinput signal that feedsthe dynamic
section. This can be either the external key input or
theinternal side chain (including the applied filter).

+ When enabled for any of the EQ bands, Listen
solosthe corresponding EQ band and (temporarily)
inverts the EQ Type so that you can tune the Fre-
guency and the Q for that EQ band.

+ When enabled for €either of the Filter effects,
Listen solos the enabled Filter band and invertsthe
Filter. Thisallowsyouto hear only hear the portion
of the audio signal that is being removed by the
filter.

To enable (or disable) Listen on the Side Chain
effect, EQ band, or a Filter effect:

= Click the Listen button for the Dynamics or
EQ/Filter tab you want so that it is highlighted.
Click it again so that it is not highlighted to dis-
ableit.

SIDE CHAM

SOURCE FILTER FREG FILTER TYPE

Internal gt vl el i

DETECTOR
PEAK AVG

Channel Strip, Chain Listen mode enabled

Control-Shift-click (Mac) or Sart-Shift-click
(Windows) and hold an EQ or Filter control
point in the Fregquency Graph to temporarily
switch to Listen mode for that EQ band or
Filter effect.
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Channel Strip Input Section

The Input section provides input metering, and
controlsfor trimming theinput signal and inverting
its phase. It can also be toggled to show post-pro-
cessing gain reduction meters.

Input section (5.1 channel format shown)

Input Trim Control

The Input Trim control sets the input gain of the
plug-in before EQ processing, letting you make up
gain or prevent clipping at the plug-in input stage.

To Trim the input signal, do one of the following:

= Clickinthe Input Trim field and typeaTrim
value (-36.0 dB to +36.0 dB).

= Click Trim and drag up or down to adjust the
Input Trim setting.

Phase Invert

The Phase Invert button at the top of the Input sec-
tion inverts the phase (polarity) of theinput signal,
to help compensate for phase anomalies that can
occur either in multi-microphone environments or
because of mis-wired balanced connections.

To enable (or disable) phase inversion on input:

= Click the Phase Invert button so that it is high-
lighted. Click it again sothat it isnot highlighted
to disableit.
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Input Meters

The Input meters show peak signal levels before
processing:

Dark Blue Indicates nominal levels from —INF to
-12 dB.

Light Blue Indicates pre-clipping levels, from
-12dB to 0 dB.

White Indicates full scale levelsfrom 0 dB to
+6 dB.

Gain Reduction Meters

The Input meter can be switched to show Gain Re-
duction metering for the processed signal from
0dB to—-36 dB.

The Gain Reduction meters are usually displayed
inyellow. When the Knee setting for either or both
the Expander and the Compressor is greater than
0 dB, the Gain Reduction meter displaysthe
amount of the Kneelevel in amber over themeter’s
usua yellow display.

To toggle between the Gain Reduction and Input

meters:

= Click the Input/Gain Reduction togglein thetop
right-hand corner of the Input section.

0.0dB @

Toggling between Input and Gain Reduction meters
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Channel Strip Output Section
The Output section provides output metering and

controlsfor adjusting the level of the output signal.

Output section (5.1 channel format shown)

Output Volume Control

The Output Volume control setsthe output volume
after processing, letting you make up gain or pre-
vent clipping on the channel where the Channel
Strip plug-in is being used. The Output Volume
control can be set to apply at the end of the FX
Chain (POST) or before the FX Chain (PRE), see
“Channel Strip FX Chain” on page 49.

To adjust the Output Volume, do one of the
following:

= Click in the Output Volume field and type a
value (-INF dB to +12 dB).

= Click VOL and drag up or down to adjust the
Output Volume setting.
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Output Meters

The Output meters show peak signal levels after
processing:

Dark Blue Indicates nominal levels from —INF to
-12 dB.

Light Blue Indicates pre-clipping levels, from
-12dB to 0 dB.

White Indicates full scale levelsfrom 0 dB to
+6 dB (which can result in distortion and clipping).
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Channel Strip FX Chain

Channel Strip lets you determine the signal path
through the available Equalizer (EQ), Filter
(FILT), Dynamics (DY N), and Volume (VOL)
processing modules. Thisway you can determine
the best signal path for the type of processing you
want.

To set the FX Chain:

1 Click the FX Chain show/hide button to reveal
the Process Order options.

VOLUME  FPRE POST

Showing the FX Chain Process Order

2 Click an effects chain ordering option to select
it. The available options include:

« EQ>FILT >DYN
« EQ>DYN>FILT
« DYN>EQ>FILT
« FILT>DYN>EQ

3 Select PRE or POST to placethe Output Volume
control at the beginning or at the end of the ef-
fects signal chain.
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Bypassing or Unbypassing
Individual Effects Modules

Inthe FX Chain display, you can deselect or select
individua effects modules to bypass or unbypass
the effect.

FX Chain, FILT bypassed
To bypass an effect module:

= Click the module so that it is not highlighted.

To unbypass an effect module:

= Click the module o that it is highlighted.

Channel Strip Dynamics
Section

The Dynamics section of Channel Strip provides
Expander/Gate, Compressor/Limiter, and Side
Chain processing all in one. This section aso pro-
vides a dynamics graphic display for the Compres-
sor/Limiter and Expander/Gate plug-ins. The dis-
play shows a curve that represents the level of the
input signal (on the horizontal x—axis) and the
amount of gain reduction applied (on the vertical
y—axis). The vertical line represents the threshold.

o o “
20ms 2000me -50.0dB 118 8.0d8 -36.0d8 10.0ms

1ims 2000ms -240dB  20:4  10.0d8 -200d8 6.0d8

430Hz . N | o | A e (G Internal

Dynamics section, All tab shown
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Dynamics Graph

Input signal
level (x-axis)

. Graph
Resolution
toggle

Output signal
level (y-axis)

Compressor/Limiter Threshold
Expander/Gate Threshold

Dynamics graph display

The Dynamics Graph display—used with Ex-
pander/Gate and Compressor/Limiter processing—
shows acurve that represents the level of theinput
signal (on the horizontal x—axis) and the amount of
gain reduction applied (on the vertical y—axis). The
display shows two vertical lines representing the
Threshold setting for the Expander/Gate and Com-
pressor/Limiter, respectively.

The Dynamics Graph display also features an ani-
mated red ball in the gain transfer curve display.
This ball shows the amount of input gain (x-axis)
and gain reduction (y-axis) being applied to thein-
coming signal at any given moment. To indicate
overshoots (when an incoming signal peak istoo
fast for the current compression setting), the cursor
temporarily leaves the gain transfer curve.

Use this graph as avisual guideline to see how
much dynamics processing you are applying to the
incoming audio signal.
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Dynamics Graph Gain Reduction
Resolution

Channel Strip lets you view the gain reduction
scale on the Dynamics Graph display eitherin 3 dB
increments from 0 dB to 18 dB or in 6 dB incre-
ments from 0 dB to —36 dB.

To change the Dynamics Graph Gain Reduction
resolution:

= Click the Graph Resolution toggle.

Using the Dynamics Graph to Adjust
Controls

Y ou can drag in the Dynamics Graph display to ad-
just the corresponding Expander/Gate and Com-
pressor/Limiter controls. The cursor updates to
show which control is being adjusted:

» Expander/Gate Ratio
« Expander/Gate Knee
» Expander/Gate Threshold
» Gate Depth
e Hysteresis
» Compressor/Limiter Ratio
» Compressor/Limiter Knee
e Compressor/Limiter Threshold
 Limiter Depth
Q For the Expander/Gate and Compressor Lim-
~ iter effects, adjusting a control in the Dynam-
ics Graph display automatically showsthe
pane that includes the adjusted control if it is

not already shown (except whenthe All tabis
shown).
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Expander/Gate Controls

(] EXPANDER { GATE o
THRESH ATTACK
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Dynamics section, Expander/Gate tab

Threshold

The Threshold (Thresh) control setsthe level be-
low which an input signal must fall to trigger ex-
pansion or gating. Signals that fall below the
threshold will be reduced in gain. Signals that are
above it will be unaffected.

The Dynamics Graph display shows the threshold
asavertica line.

Attack

The Attack control setsthe attack time, or therate at
which gainisreduced after theinput signal crosses
the threshold. Use this aong with the Ratio setting
to control how soft the Expander’s gain reduction
curveis.

Ratio

TheRatio control setstheamount of expansion. For
example, if thisisset to 2:1, it will lower signalsbe-
low thethreshold by one half. At higher ratio levels
the Expander/Gate functions like a gate by cutting
off signalsthat fall below the threshold. Asyou ad-
just the ratio control, refer to the Dynamics Graph
display to see how the shape of the expansion curve
changes.
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Depth

The Depth control sets the depth of the Ex-
pander/Gate when closed. Setting the gateto higher
range levels allows more and more of the gated au-
dio that falls below the threshold to peek through
the gate at all times.

Hold

The Hold control specifiesthe duration (in seconds
or milliseconds) during which the Expander/Gate
will stay in effect after theinitial attack occurs.
This can be used as a function to keep the Ex-
pander/Gate in effect for longer periods of time
with asingle crossing of the threshold. It can also
be used to prevent gate chatter that may occur if
varying input levels near the threshold cause the
gate to close and open very rapidly.

Release

The Release control sets how long it takes for the
gate to close after the input signal falls below the
threshold level and the hold time has passed.

Knee

The Knee control sets the rate at which the Ex-
pander/Gate reaches full effect once the threshold
has been exceeded.

Hysteresis

The Hysteresis (Hyst) control |lets you adjust
whether or not the gate rapidly opens and closes
when the input signal is fluctuating near the
Threshold. Thiscan help prevent undesirably rapid
gating of the signal. This control isonly available
when Ratio is set to Gate, otherwiseit isgreyed out.
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Compressor/Limiter Controls

@ COoMPILIMIT Ll

THRESH
-240dB

KNEE
0.0dB

Dynamics section, Compressor/Limiter tab

Threshold

The Threshold control setsthe level that an input
signal must exceed to trigger compression or limit-
ing. Signals that exceed this level will be com-
pressed. Signals that are below it will be unaf-
fected.

Attack

The Attack control setsthe attack time, or therate at
which gainisreduced after the input signal crosses
the threshold.

The smaller the value, the faster the attack. The
faster the attack, the more rapidly the Compres-
sor/Limiter applies attenuation to the signal. If you
use fast attack times, you should generally use a
proportionally longer release time, particularly
with material that contains many peaksin close
proximity.

Ratio

The Ratio control setsthe compression ratio, or the
amount of compression applied as the input signal
exceeds the threshold. For example, a2:1 compres-
sion ratio meansthat a2 dB increase of level above
the threshold produces a 1 db increase in output.
The compression ratio rangesfrom 1.0:1 to 20.0:1.

Once the Ratio control passes 20.0:1 the Compres-
sor/Limiter effect functions as alimiter rather than
a Ccompressor.
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Atthelimiter setting (LMTR), for every decibel that
the incoming signal goes over the set Threshold,
1 dB of gain reduction is applied.

Compressor/Limiter Ratio set to LMTR

Oncethe Ratio control passesthe LM TR setting, it
provides negative ratio settings from —20.0:1 to
0:1.

Compressor/Limiter Ratio set to a negative value

With these settings, for every decibel that the in-
coming signal goes over the set Threshold, more
than 1 dB of gain reduction is applied according to
the negative Ratio setting. For example, at the set-
ting of —1.0:1, for each decibel over the set thresh-
old, 2 db of gain reductionisallied. Consequently,
the output signal is both compressed and made
softer. Y ou can usethisasan creative effect, or asa
kind of ducking effect when used with an externa
key input.

Depth

The Depth control sets the amount of gain reduc-
tion that is applied regardless of the input signal.
For example, if the Limiter is set at a Threshold of
—20 dB and Depthisset at 0 dB, upto 20 dB of gain
reduction is applied to the incoming signal (at
0dB). If you set Depth to —10 dB, no more than
10 dB of gain reduction is applied to the incoming
signal.
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Release

The Release control setsthe length of timeit takes
for the Compressor/Limiter to be fully deactivated
after the input signal drops below the threshold.

Release times should be set long enough that if sig-
nal levels repeatedly rise above the threshold, the
gain reduction “recovers’ smoothly. If the release
time istoo short, the gain can rapidly fluctuate as
the compressor repeatedly triesto recover from the
gainreduction. If thereleasetimeistoolong, aloud
section of the audio material could cause gain re-
duction that continues through soft sections of pro-
gram material without recovering.

Knee

The Knee control setsthe rate at which the com-
pressor reachesfull compression oncethethreshold
has been exceeded.

Asyou increase this control, it goes from applying
“hard-knee” compression to “soft-knee” compres-
sion:

« With hard-knee compression, compression be-
ginswhen theinput signal exceedsthethreshold.
This can sound abrupt and isideal for limiting.

* With soft-knee compression, gentle compression
beginsandincreasesgradually astheinput signal
approaches the threshold, and reaches full com-
pression after exceeding the threshold. This cre-
ates smoother compression.

Gain

The Gain control letsyou boost overall output gain
to compensate for heavily compressed or limited
signals.
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Side Chain Processing Controls
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Dynamics section, Side Chain tab

Dynamics processors typically use the detected
amplitude of their input signal to trigger gain re-
duction. This split-off signal is known as the side-
chain. Compressor/Limiter and Expander/Gate
processing features external key capabilities and
filters for the side-chain.

With external key side-chain processing, you trig-
ger dynamics processing using an external signal
(such as a separate reference track or audio source)
instead of the input signal. This external sourceis
known as the key input.

With side-chain filters, you can make dynamics
processing more or less sensitive to certain fre-
quencies. For example, you might configure the
side-chain so that certain lower frequencies on a
drum track trigger dynamics processing.

Source

The Source selector letsyou set the source for side
chain processing: Internal, Key, or All-Linked.

Internal If Internal is selected, the plug-in usesthe
amplitude of the input signal to trigger dynamics
processing. With greater-than-stereo multichannel
processing, the input signal for each stereo pair ef-
fects only those same channels, and likewise mono
channels are effected only by their own input sig-
nal. For example, with an LCR multichannel for-
mat, the processing for the Center channel is only
triggered when the Center channel input signal
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reaches the threshold. However, when the input
signal reachesthethreshold on the L eft or the Right
channel, processing istriggered for both the Left
and the Right channel.

Key If Key is selected, the plug-in uses the ampli-
tude of a separate reference track or external audio
source to trigger dynamics processing. The refer-
ence track used is selected using the Plug-In Key
Input selector in the Plug-1n window header. With
greater-than-stereo multichannel processing, the
key signal triggers dynamics processing for al pro-
cessed audio channels equally.

All-Linked If All-Linked is selected, dynamics pro-
cessing is applied equally to al channels when the
input signal reaches the threshold on any input
channel, except for the LFE channel (if present).
The LFE channel is processed independently based
on itsown input signal.

] L] SIDE CHAM
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Selecting the Source setting for Side Chain processing

Detection

The Detection options include Peak or Avg (Aver-
age).

Peak Select the Peak option to apply side-chain
processing according to the detected peak ampli-
tude.

Average Select the Average option to apply side-
chain processing according to the detected average
amplitude.
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Filter Frequency

The Filter Frequency control lets you set the fre-
quency for the selected Filter Type.

Filter Type

Four Filter Type optionsareavailablefor side-chain
processing:

Low Pass Select the Low Pass option to apply a
low pass filter to the side-chain processing at the
selected frequency.

High Pass Select the High Pass option to apply a
high pass filter to the side-chain processing at the
selected frequency.

Notch Select the Notch option to apply a notch fil-
ter to the side-chain processing at the selected fre-

quency.

Band Pass Select the Band Pass option to apply a
band pass filter to the side-chain processing at the
selected frequency.

Side Chain Processing Graph

The Side Chain Processing Graph display shows
the frequency curve for the selected Filter Type at
the selected Filter Frequency.
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Channel Strip EQ/Filters Section

The EQ/Filters section of Channel Strip provides a high-quality 4-band parametric equalizer for adjusting
the frequency spectrum of audio material.

EQ/Filters Graph

The EQ/Filters section provides an interactive Frequency Graph display that shows the response curve for
the current EQ settings on atwo-dimensional graph of frequency and gain. The Frequency Graph display
aso lets you modify frequency, gain, and Q settings for individual EQ bands by dragging their correspond-
ing pointsin the graph. The Frequency Graph display al so plotsthe frequency, Q, and filter shape of thetwo
filters (when either or both are enabled).

Frequency
(x-axis)

- Graph Resolution
toggle

Gain
(y-axis)

(o] S 4 HMF O

FREG | 3.0kHz = Bam| 1748

Filter control point EQ control point

EX/Filters section, High Mid Frequency tab shown
Frequency Graph Gain Resolution

Channel Strip lets you view the gain scale on the Frequency Graph display either in 3 dB increments from
—12 dB to +12 dB or in 6 dB increments from —24 dB to +24 dB.

To change the Frequency Graph Gain resolution:

= Click the Graph Resolution toggle.
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Dragging in the Frequency Graph to
Adjust Controls

Y ou can adjust the following EQ controls by drag-
ging the control points directly in the Frequency
Graph display:

Frequency Dragging acontrol point to theright in-
creases the Fregquency setting. Dragging a control
point to the left decreases the Frequency setting.

You can pressthe Shift key whileclicking and
dragging an EQ control point up or down to
adjust the Gain setting without changing the
Frequency. Likewise, press the Shift key
while clicking and dragging an EQ control
point |eft or right to adjust the Frequency set-
ting without changing the Gain setting.

Gain Dragging a control point up increases the
Gain setting. Dragging a control point down de-
creases the Gain setting.

Option-Shift-click (Mac) or Alt-Shift-click
(Windows) an EQ control point to invert its
Gain setting.

Q Click withinthe curve of an EQ control point and
drag up or down to increase or decrease the Q set-
ting.

You can also Control-click (Mac) or
Sart-click (Windows) and drag a control
point up or down to increase or decrease
the Q setting.
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Low Frequency EQ Controls
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EQ/Filters section, Low Frequency tab

The LF tab provides controlsfor the low frequency
band of the EQ. Thelow frequency band can be set
to be a Peak or Low Shelf EQ.

EQ Type

Select either the Peak or Low Shelf button to set the
EQ type for the low frequency band.

Frequency

The Frequency control lets you set the center fre-
quency for the low frequency band (Peak or Shelf

EQ).
Gain

The Gain control |ets you boost or attenuate the
corresponding frequencies for the low frequency
band.

Q

With the low band EQ set to Peak, the Q control
changesthe width of the EQ band. Higher Q values
represent narrower bandwidths. Lower Q values
represent wider bandwidths.

With the low band EQ set to Shelf, the Q control
changes the Q of the shelving filter. Higher Q val-
ues represent steeper shelving curves. Lower Q val-
ues represent broader shelving curves.
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Low Mid Frequency EQ Controls

O LwF [
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EQ/Filters section, Low Mid Frequency tab

The LMF tab provides controls for the low mid fre-
guency band of the EQ. Thisband is a peak EQ.
Frequency

The Frequency control lets you set the center fre-
guency for the peak low mid frequency band.
Gain

The Gain control lets you boost or attenuate the
corresponding frequencies for the low mid fre-
guency band.

Q

The Q control changes the width of the low mid
peak EQ band. Higher Q values represent narrower
bandwidths. Lower Q values represent wider band-
widths.
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High Mid Frequency EQ Controls
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EQ/Filters section, High Mid Frequency tab

The HMF tab provides controlsfor the high mid fre-
guency band of the EQ. Thisband is a peak EQ.
Frequency

The Frequency control lets you set the center fre-
quency for the peak high mid frequency band.
Gain

The Gain control |ets you boost or attenuate the
corresponding frequencies for the high mid fre-
guency band.

Q

The Q control changes the width of the high mid
peak EQ band. Higher Q values represent narrower
bandwidths. Lower Q values represent wider band-
widths.
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High Frequency EQ Controls
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EQ/Filters section, High Frequency tab

The High Frequency EQ tab provides controls for
the high frequency band of the EQ.

Filter Type

The High Frequency band can be set to be aPeak or
High Shelf EQ.

Frequency

The Frequency control lets you set the center fre-
quency for the high frequency band (Peak or Shelf

EQ).
Gain

The Gain control lets you boost or attenuate the
corresponding frequencies for the high frequency
band.

Q

With the high band EQ set to Peak, the Q control
changesthewidth of the EQ band. Higher Q values
represent narrower bandwidths. Lower Q values
represent wider bandwidths.

With the high band EQ set to Shelf, the Q control
changes the Q of the shelving filter. Higher Q val-
ues represent steeper shelving curves. Lower Q val-
ues represent broader shelving curves.
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Filter 1 and Filter 2 Controls
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EQ/Filters section, Filter 1 tab shown

TheFilter 1 and Filter 2 tabsprovidethe same set of
controls for each filter.

Filter Type

Both Filter 1 and Filter 2 can be set independently.
Select fromthefollowing Filter Typeoptions: High
Pass, Low Pass, Band Pass, and Notch.

Frequency

The Frequency control lets you set the center fre-
quency for the selected Filter Type (from 20 Hz to
21.0 kHz).

Slope

When the Filter Typeis set to Low Pass or High
Pass, the Slope control isavailable. The Slope con-
trol lets you set the slope for the filter from the se-
lected Frequency to —INF (12 dB/O or 24 dB/O).

Q

When the Filter Typeis set to Band Pass or Notch,
the Q control is available. The Q control changes
the width of the filter around the center frequency
band. Higher Q values represent narrower band-
widths. Lower Q values represent wider band-
widths.
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Chapter 12: Dynamics Il

Dynamics 11 is asuite of three dynamics plug-ins
availablein DSP, Native, and AudioSuite formats:

e Compressor/Limiter (see “ Compressor/Limiter
111" on page 62)

» Expander/Gate (see “ Expander/Gate 11" on
page 65)

e De-Esser (see“De-Esser |11” on page 68)

Dynamics |11 supports 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

The Compressor/Limiter and Expander/Gate mod-
ules support mono, stereo, and greater-than-stereo
multichannel formatsup to 7.1.

A\ Creater-than-stereo formats are only
available with Pro Tools HD.

The De-Esser module supports mono and stereo
formats only.

In addition to standard controls in each module,
Dynamicsl|1 also providesagraphtotrack thegain
transfer curve in the Compressor/Limiter and Ex-
pander/Gate plug-ins, and afrequency graphto dis-
play which frequencies trigger the De-Esser and
which frequencies will be gain reduced.
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Dynamics Il Common
Controls

The Levels section, the LFE Enable button, and the
Dynamics Graph display of the user interface are
shared between the Compressor/Limiter, Ex-
pander/Gate, and De-Esser plug-ins.

Dynamics Ill Levels Section

Theindicatorsand controlsinthe Dynamic Il Lev-
els section let you track input, output, and gain re-
duction levels, as well as work with phase invert
and the threshold setting.

See“ De-Esser |11 Level Meters’ on page 68
for moreinformation on De-Esser 11 In-
put/Output Level controls.

[evas 5 Phase
IN  ouT Invert
i (1]
Input -1 Output
meter meter
i -3
2! - Gain
Reduction
Peak hold meter
indicators 2
1 -18 —I— Peak hold
Threshold ___ i indicators
e =30
arrow l = 55
LR L I; GR
S ——

I/O Meter display (stereo instance shown)
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Input and Output Meters

The Input (In) and Output (Out) meters show peak
signal levels before and after dynamics processing:

Green Indicates nominal levels.

Yellow Indicates pre-clipping levels, starting at
—6 dB below full scale.

Red Indicates full scale levels (clipping).

The clip indicators at the top of the Output meters
indicate clipping at the input or output stage of the
plug-in. Clip indicators can be cleared by clicking
theindicator.

Q The Input and Output meters display
" differently depending on the type of
track (mono, stereo, or multichannel)
on which the plug-in has been inserted.

(¥ When Side-Chain Listen is enabled, the
" Output meter only displays the levels of the
side-chain signal. See“ Dynamics |11 Sde-
Chain Listen” on page 71.

Toggling Multichannel Input and Output Meters

With multichannel track types LCRS and higher,
both Input and Output meters cannot be shown at
the sametime. Click either the Input or Output but-
ton to display the appropriate level meter. The In-
put/Output meters display istoggled to Output by

.

I.mpurlnuwur .i

Input (left) and Output (right) meter buttons
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Gain Reduction Meter

The Gain Reduction (GR) meter indicates the
amount the input signal is attenuated (in dB) and
shows different colors during dynamics process-

ing:

Light Orange Indicates that gain reduction is
within the “knee” and has not reached thefull ratio
of compression.

Dark Orange Indicates that gain reduction is being
applied at the full ratio (for example, 2:1).

Threshold Arrow

Theorange Threshold arrow next to the I nput meter
indicates the current threshold, and can be dragged
up or down to adjust the threshold. When a multi-
channel instance of the plug-in hasbeen configured
to show only the Output meter, the Threshold ar-
row is not displayed.

Phase Invert

The Phase Invert button at thetop of the Levels sec-
tion inverts the phase (polarity) of the input signal,
to help compensate for phase anomalies that can
occur either in multi-microphone environments or
because of mis-wired balanced connections.
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Dynamics |1l LFE Enable
(Pro Tools HD Only)

The LFE Enable button (located in the Options sec-
tion) is on by default, and enables plug-in process-
ing of the LFE (low frequency effects) channel ona
multichannel track formatted for 5.1, 6.1, or 7.1
surround formats. To disable L FE processing, de-
select this button.

LFE ENABLE

LFE Enable button (Compressor/Limiter Il shown)

(¥ TheLFE Enable buttonisnot availableif the
~ plug-inisnot inserted on an applicable track.

Dynamics Il Graph Display

The Dynamics Graph display—used with the Com-
pressor/Limiter and Expander/Gate plug-ins—
shows acurve that represents the level of theinput
signal (onthehorizontal x—axis) and thelevel of the
output signal (on the vertical y—axis). The orange
vertical line represents the threshold.
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Usethis graph as avisua guideline to see how
much dynamics processing you are applying.

Threshold

Outputsignal
level (y-axis) |

T ——————————
| | |
Input signal
level (x-axis)

Dynamics graph display

The Compressor/Limiter and Expander/Gate plug-
ins also feature an animated, multi-color cursor in
their gain transfer curve displays.

The gain transfer curve of the Compressor/Limiter
and Expander/Gate plug-ins shows a moving ball
cursor that shows the amount of input gain (x-axis)
and gain reduction (y-axis) being applied to thein-
coming signal.

Gain transfer curve and cursor showing amount of
compression

To indicate overshoots (when an incoming signal
peak istoo fast for the current compression setting)
the cursor temporarily leaves the gain transfer
curve.
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The cursor changes color to indicate the amount of
compression applied, as shown in the following ta-
ble:

Cursor Color | Compression Amount

white no compression

light orange below full ratio

dark orange full ratio amount

See“ De-Esser 111 Frequency Graph Display”
on page 69 for information on using the
De-Esser graph display.

Dynamics Ill Side-Chain Section

For information on using the Side-Chain section of
the Compressor/Limiter or Expander/Gate, see
“Using Dynamics |11 Key Input for Side-Chain
Processing” on page 73.

Compressor/Limiter Il

The Compressor/Limiter plug-in applies either
compression or limiting to audio material, depend-
ing on the ratio of compression used.
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Compressor/Limiter Il

Chapter 12: Dynamics Ill

About Compression

Compression reduces the dynamic range of signals
that exceed a chosen threshold by a specific
amount. The Threshold control setsthe level that
the signal must exceed to trigger compression. The
Attack control sets how quickly the compressor re-
spondsto the “front” of an audio signal once it
crosses the selected threshold. The Release control
sets the amount of time that it takes for the com-
pressor’sgaintoreturntoitsorigina level after the
input signal drops below the selected threshold.

To use compression most effectively, the attack
time should be set so that signals exceed the thresh-
old level long enough to cause an increase in the
averagelevel. Thishelpsensurethat gain reduction
does not decrease the overall volume too drasti-
cally, or eliminate desired attack transientsin the
program material.

Of course, compression has many creative usesthat
break these rules.

About Limiting

Limiting prevents signal peaks from ever exceed-
ing achosen threshold, and isgenerally used to pre-
vent short-term peaks from reaching their full am-
plitude. Used judiciously, limiting produces higher
average levels, while avoiding overload (clipping
or distortion), by limiting only some short-term
transients in the source audio. To prevent the ear
from hearing the gain changes, extremely short at-
tack and release times can be used.

Limiting is used to remove only occasiona peaks
because gain reduction on successive peaks would
be noticeable. If audio material contains many
peaks, the threshold should be raised and the gain
manually reduced so that only occasional, extreme
peaks are limited.

62



Limiting generally beginswith theratio set at 10:1
and higher. Large ratios effectively limit the dy-
namic range of the signal to a specific value by set-
ting an absolute ceiling for the dynamic range.

Compressor/Limiter Il
Input/Output Level Meters

The Input and Output meters show peak signal lev-
elsbefore and after dynamics processing. See “Dy-
namics 1 Levels Section” on page 59 for morein-
formation.

Unlike scales on analog compressors, metering
scaleson adigital device reflect a0 dB value that
indicatesfull scale (fs)—thefull-code signal level.

Compressor/Limiter Il Graph
Display

The Dynamics Graph display lets you visually see
how much expansion or gating you are applying to
your audio material. See“Dynamics|ll Graph Dis-

play” on page 61.

Compressor/Limiter 1l
Threshold Control

The Threshold (Thresh) control setsthe level that
an input signal must exceed to trigger compression
or limiting. Signals that exceed thislevel will be
compressed. Signals that are below it will be unaf-
fected.

Thiscontrol has an approximate range of —60 dB to
0 dB, with a setting of 0 dB equivalent to no com-
pression or limiting. The default value for the
Threshold control is—24 dB.

An orange arrow on the Input meter indicates the
current threshold, and can also be dragged up or
down to adjust the threshold setting.
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Threshold arrow on input meter

The Dynamics Graph display also showsthe
threshold as an orange vertical line.

Threshold indicator on Dynamics Graph display

This control ranges from —60 dB (lowest gain) to
0dB (highest gain).

Compressor/Limiter 11l Ratio
Control

The Ratio control setsthe compression ratio, or the
amount of compression applied as the input signal
exceeds the threshold. For example, a2:1 compres-
sion ratio means that an input level that is2 dB
above the threshold will be attenuated, resulting in
an output level that is 1 dB over the threshold.

This control ranges from 1:1 (no compression) to
100:1 (hard limiting).
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Compressor/Limiter 111 Attack
Control

The Attack control sets the attack time, or the rate
at which gain is reduced after the input signal
crosses the threshold.

The smaller the value, the faster the attack. The
faster the attack, the more rapidly the Compres-
sor/Limiter applies attenuation to the signal. If you
use fast attack times, you should generally use a
proportionally longer release time, particularly
with material that contains many peaksin close
proximity.

Thiscontrol rangesfrom 10 ps(fastest attack time)
to 300 ms (slowest attack time).

Compressor/Limiter 111 Release
Control

The Release control setsthe length of timeit takes
for the Compressor/Limiter to befully deactivated
after the input signal drops below the threshold.

Release times should be set long enough that if sig-
nal levels repeatedly rise above the threshold, the
gain reduction “recovers’ smoothly. If the release
time istoo short, the gain can rapidly fluctuate as
the compressor repeatedly triesto recover from the
gainreduction. If thereleasetimeistoolong, aloud
section of the audio material could cause gain re-
duction that continues through soft sections of pro-
gram material without recovering.

Thiscontrol rangesfrom 5 ms(fastest releasetime)
to 4 seconds (slowest release time).
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Compressor/Limiter 11l Knee
Control

The Knee control sets the rate at which the com-
pressor reachesfull compression oncethethreshold
has been exceeded.

Asyou increase this control, it goes from applying
“hard-knee” compression to “soft-knee” compres-
sion:

* With hard-knee compression, compression be-
ginswhen theinput signal exceedsthethreshold.
This can sound abrupt and isideal for limiting.

* With soft-knee compression, gentle compression
beginsand increasesgradually astheinput signal
approaches the threshold, and reaches full com-
pression after exceeding the threshold. This cre-
ates smoother compression.

Graph examples of hard knee (left) and soft knee
(right) compression

For example, aKnee setting of 10 dB would be the

gain range over which theratio gradually increased
to the set ratio amount.

The Gain Reduction meter displays light orange
while gain reduction has not exceeded the knee set-
ting, and switchesto dark orange when gain reduc-
tion reaches the full ratio.

Thiscontrol rangesfrom O db (hardest response) to
30 db (softest response).
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Compressor/Limiter Il Gain
Control

The Gain control lets you boost overall output gain
to compensate for heavily compressed or limited
signals.

This control ranges from 0 dB (ho gain boost) to
+40 dB (loudest gain boost), with the default value
at 0dB.

For more information on the LFE channel,
refer to the Pro Tools Reference Guide.

Compressor/Limiter 111
Side-Chain Section

The side-chain is the split-off signal used by the
plug-in’'s detector to trigger dynamics processing.
The Side-Chain section lets you toggle the side-
chain between the internal input signal or an exter-
nal key input, and tailor the equalization of the
side-chain signal so that thetriggering of dynamics
processing becomes frequency-sensitive. See “Dy-
namics |11 Side-Chain Input” on page 70.
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Expander/Gate IlI

The Expander/Gate plug-in applies expansion or
gating to audio material, depending on theratio set-
ting.
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Expander/Gate Ill

About Expansion

Expansion decreasesthe gain of signalsthat fall be-
low a chosen threshold. They are particularly use-
ful for reducing noise or signal leakage that creeps
into recorded material asitslevel falls, as often oc-
cursin the case of headphone leakage.

About Gating

Gating silences signals that fall below a chosen
threshold. To enable gating, smply set the Ratio
and Range controls to their maximum values.

Expanders can be thought of as soft noise gates
since they provide agentler way of reducing noisy
low-level signalsthan thetypically abrupt cutoff of
agate.

65



Expander/Gate Il
Input/Output Level Meters

The Input and Output meters show peak signal lev-
elsbefore and after dynamics processing. See “ Dy-
namics |11 Levels Section” on page 59 for morein-
formation.

Expander/Gate |ll Dynamics
Graph Display

The Dynamics Graph display lets you visually see
how much expansion or gating you are applying to
your audio material. See“Dynamics|ll Graph Dis-

play” on page 61.

Expander/Gate |ll Look Ahead
Button

Normally, dynamics processing begins when the
level of theinput signal crosses the threshold.
When the Look Ahead button isenabled, dynamics
processing begins 2 milliseconds before the level
of the input signal crosses the threshold.

LOOK AHEAD

——
Look Ahead control

The Look Ahead control is useful for avoiding the
loss of transients that may have been otherwise cut
off or trimmed in asignal.
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Expander/Gate Il Threshold
Control

The Threshold (Thresh) control setsthe level be-
low which an input signal must fall to trigger ex-
pansion or gating. Signals that fall below the
threshold will be reduced in gain. Signals that are
above it will be unaffected.

An orange arrow on the Input meter indicates the
current threshold, and can also be dragged up or
down to adjust the threshold setting.

feves 5 |
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Threshold arrow on Input meter

The Dynamics Graph display also shows the
threshold as an orange vertical line.

Threshold indicator on Dynamics Graph display

Thiscontrol has an approximate range of —60 dB to
0 dB, with a setting of 0 dB equivalent to no com-
pression or limiting. The default value for the
Threshold control is—24 dB.
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Expander/Gate |l Ratio Control

The Ratio control sets the amount of expansion.
For example, if thisisset to 2:1, it will lower sig-
nals below the threshold by one half. At higher ra-
tio levels (such as 30:1 or 40:1) the Expander/Gate
functions like a gate by cutting off signalsthat fall
below thethreshold. Asyou adjust theratio control,
refer to the built-in graph to see how the shape of
the expansion curve changes.

This control ranges from 1:1 (no expansion) to
100:1 (gating).

Expander/Gate |l Attack
Control

The Attack control sets the attack time, or the rate
at which gain is reduced after the input signal
crossesthe threshold. Usethisalong with the Ratio
setting to control how soft the Expander’s gain re-
duction curveis.

Thiscontrol rangesfrom 10 us (fastest attack time)
to 300 ms (slowest attack time).

Expander/Gate |ll Hold Control

TheHold control specifiesthe duration (in seconds
or milliseconds) during which the Expander/Gate
will stay in effect after theinitial attack occurs.
This can be used as a function to keep the Ex-
pander/Gate in effect for longer periods of time
with asingle crossing of the threshold. It can also
be used to prevent gate chatter that may occur if
varying input levels near the threshold cause the
gate to close and open very rapidly.

This control ranges from 5 ms (shortest hold) to
4 seconds (longest hold).
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Expander/Gate Il Release
Control

The Release control sets how long it takes for the
gate to close after the input signal falls below the
threshold level and the hold time has passed.

Thiscontrol rangesfrom 5 ms (fastest releasetime)
to 4 seconds (slowest release time).

Expander/Gate |ll Range Control

The Range control sets the depth of the Ex-
pander/Gate when closed. Setting the gateto higher
range levels alows more and more of the gated au-
dio that falls below the threshold to peek through
the gate at all times.

This control ranges from —80 dB (lowest depth) to
0 dB (highest depth).

Expander/Gate |l Side-Chain
Section

The side-chain is the split-off signal used by the
plug-in’s detector to trigger dynamics processing.
The Side-Chain section lets you toggle the side-
chain between the internal input signal or an exter-
nal key input, and tailor the equalization of the
side-chain signal so that thetriggering of dynamics
processing becomes frequency-sensitive. See “Dy-
namics |11 Side-Chain Input” on page 70.
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De-Esser |11

The De-Esser reduces sibilants and other high fre-
guency noises that can occur in vocals, voice-
overs, and wind instruments such as flutes. These
sounds can cause peaksin an audio signa and lead
to distortion.

TheDe-Esser reducesthese unwanted sounds using
fast-acting, frequency-dependent compression.
The Threshold control setsthe level above which
compression starts, and the Frequency (Freq) con-
trol setsthe frequency band in which the De-Esser
operates.
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De-Esser I
Using De-Essing Effectively

To use de-essing most effectively, insert the De-Es-
ser after compressor or limiter plug-ins.

The Frequency control should be set to remove sib-
ilants (typically the 4-10 kHz range) and not other
parts of the signal. This helps prevent de-essing
from changing the original character of the audio
material in an undesired manner.

Similarly, the Range control should besetto alevel
low enough so that de-essing is triggered only by
sibilants. If the Range s set too high, aloud, non-
sibilant section of audio material could cause un-
wanted gain reduction or cause sibilantsto be over-
attenuated.
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Toimprovede-essing of material that hasboth very
loud and very soft passages, automate the Range
control so that it is lower on soft sections.

Q The De-Esser has no control to directly ad-
" justthethresholdlevel (thelevel that aninput
signal must exceed to trigger de-essing). The
amount of de-essing will vary with the input
signal.

De-Esser Ill Level Meters

These controls|et you track input, output, and gain
reduction levels.
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De-Esser Il /0O Meter display

Input and Output Meters

The Input and Output meters show peak signal lev-
els before and after dynamics processing:

Green Indicates nominal levels.

Yellow Indicates pre-clipping levels, starting at
—6 dB below full scale.

Red Indicates full scalelevels (clipping).

TheClipindicatorsat thetop of each meter indicate
clipping at the input or output stage of the plug-in.
Clip indicators can be cleared by clicking the indi-
cator.
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De-Esser Ill Gain Reduction
Meter

The Gain Reduction meter indicatesthe amount the
input signal is attenuated, in dB. This meter shows
different colors during de-essing:

Light Orange Indicatesthat gain reductionisbeing
applied, but has not reached the maximum level set
by the Range control.

Dark Orange Indicates that gain reduction has
reached the maximum level set by the Range con-
trol.

De-Esser Il Frequency Control

The Frequency (Freq) control sets the frequency
band in which the De-Esser operates. When HF
Only isdisabled, gain is reduced in frequencies
within the specified range. When HF Only isen-
abled, the gain of frequencies above the specified
value will be reduced.

This control ranges from 500 Hz (lowest fre-
guency) to 16 kHz (highest frequency).

De-Esser Ill Range Control

The Range control definesthe maximum amount of
gain reduction possiblewhen asignal is detected at
the frequency set by the Frequency control.

This control ranges from —40 dB (maximum de-
ng) to 0 dB (no de-essing).

De-Esser 11l HF Only Control

When the HF Only button is enabled, gain reduc-
tionisapplied only to the active frequency band set
by the Frequency control. When the HF Only but-
tonisdisabled, the De-Esser applies gain reduction
to the entire signal.
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De-Esser |1l Listen Control

When enabled, the Listen button |ets you monitor
the sibilant peaks used by the De-Esser as aside-
chain to trigger compression. Thisis useful for lis-
tening only to the sibilance for fine-tuning De-Es-
ser controls. To monitor the whole output signal
without this filtering, deselect the Listen button.

De-Esser Il Frequency Graph
Display

The De-Esser Frequency Graph display shows a
curvethat representsthelevel of gain reduction (on
the y-axis) for the range of the output signal's fre-
guency (on the x-axis). The white line represents
the current Frequency setting, and the animated or-
ange line represents the level of gain reduction be-
ing applied to the signal.

Usethis graph as avisua guideline to see how
much dynamics processing you are applying at dif-
ferent pointsin the frequency spectrum.

Current gain reduction ~ Frequency

Gain |
(y-axis)

Frequency
(x-axis)

De-Esser graph display
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Dynamics Il Side-Chain Input

(Compressor/Limiter and Expander/Gate Only)

Dynamics processors typically use the detected
amplitude of their input signal to trigger gain re-
duction. This split-off signal is known asthe side-
chain. The Compressor/Limiter and Ex-
pander/Gate plug-ins feature external key capabili-
ties and filters for the side-chain.

With external key side-chain processing, you trig-
ger dynamics processing using an external signal
(such as a separate reference track or audio source)
instead of the input signal. This external sourceis
known as the key input.

With side-chain filters, you can make dynamics
processing more or less sensitive to certain fre-
guencies. For example, you might configure the
side-chain so that certain lower frequencies on a
drum track trigger dynamics processing.

Dynamics |1l Side-Chain Controls

The controlsin the Side-Chain section let you tog-
glethe side-chain between the internal input signal
or an external key input, listen to the side-chain,
and tailor the equalization of the side-chain signal
so that the triggering of dynamics processing be-
comes frequency-sensitive.

SIDE-CHAIN &+ i{

Compressor/Limiter and Expander/Gate Side-Chain
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Dynamics Il Side-Chain External Key

The External Key toggles external side-chain pro-
cessing on or off. When this button is highlighted,
the plug-in uses the amplitude of a separate refer-
ence track or external audio source to trigger dy-
namics processing. When this button is dark gray,
the External Key isdisabled and the plug-in uses
the amplitude of the input signal to trigger dynam-

ics processing.

SIDE-CHAIN &, 4]

External Key button
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Dynamics Il Side-Chain Listen

When enabled, this control letsyou listen to thein-
ternal or external side-chain input by itself, aswell

as monitor itslevelswith the Output meter. Thisis
especially useful for fine-tuning the plug-in’ sfilter
settings or external key input.

Side-Chain Listen button

A Sde-Chain Listen is not saved with other
plug-in presets.

Dynamics Il Side-Chain HF and LF Filter
Enable Buttons

The HF Filter Enable and LF Filter Enable buttons
toggle the corresponding filter in or out of the side-
chain. When this button is highlighted, the filter is
appliedtotheside-chainsignal. When thisbuttonis
dark gray, thefilter is bypassed and available for
activation.

HF and LF Filter Enable buttons
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Dynamics Ill Side-Chain High-Frequency
(HF) Filter Type

The HF filter section lets you filter higher frequen-
ciesout of the side-chain signal so that only certain
bands of high frequencies or lower frequencies
pass through to trigger dynamics processing. The
HF side-chain filter is switchable between Band
Pass and Low Passfilters.

Band Pass Filter Makes triggering of dynamics
processing more sensitive to frequencieswithin the
narrow band centered around the Frequency set-
ting, and rolling off at a slope of 12 dB per octave.

Band-Pass filter

Low Pass Filter Makestriggering of dynamicspro-
cessing more sensitive to frequencies below the
Frequency setting rolling off at aslopeof 12 dB per
octave.

Low Pass filter
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Dynamics Il Side-Chain HF Frequency
Control

The HF frequency control sets the frequency posi-
tion for the Band Pass or Low Passfilter, and
ranges from 20 Hz to 20 kHz.

HF frequency controls

Dynamics Il Side-Chain Low-Frequency
(LF) Filter Type

The LF filter section lets you filter lower frequen-
ciesout of the side-chain signal so that only certain
bands of low frequencies or higher frequencies are
alowed to pass through to trigger dynamics pro-
cessing. The LF side-chain is switchable between
Band Pass and High Pass filters.

Band-Pass Filter Makes triggering of dynamics
processing more sensitive to frequencieswithin the
narrow band centered around the Frequency set-
ting, and rolling off at a slope of 12 dB per octave.

Band-Pass filter
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High Pass Filter Makes triggering of dynamics
processing more sensitive to frequencies above the
Frequency setting rolling off at aslope of 12 dB per
octave.
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High Pass filter

Dynamics Il Side-Chain LF Frequency
Control

The Freguency control sets the frequency position
for the Band-Pass or High Passfilter, and ranges
from 20 Hz to 20 kHz.

I
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LF frequency controls
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Using Dynamics Ill Key Input for
Side-Chain Processing

To use a filtered or unfiltered external key input to
trigger dynamics processing:

1 Click the Key Input selector and select theinput

or bus carrying the audio from the reference
track or external audio source.

Track
Mastar 1 b

Compesssor/Limiter Dyn 3

no key input

interface

bus

Selecting a Key Input

2 Click External Key to activate external side-
chain processing.

v
—_—

External Key

3 Tolistentothesignal that will be used to control
side-chain input, click Side-Chain Listen to en-
ableit (highlighted).

'
===

Side-Chain Listen
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4 To filter the key input so that only specific fre-
guencies trigger the plug-in, use the HF and LF
controlsto select a frequency range.

5 Begin playback. The plug-in uses the input or
bus that you chose as an externa key input to
trigger its effect.

6 Adjust the plug-in's Threshold (Thresh) control
to fine-tune external key input triggering.

Using a Filtered Input Signal for
Side-Chain Processing with
Dynamics Il

To use thefiltered input signal to trigger dynamics
processing:

1 Ensurethe Key Input selector is set to No Key
Input.

o ey Input

Key Input selector

2 Ensurethat the External Key button is disabled
(dark gray).

by~

Side-Chain section
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3 Tolistentothesignal that will be used to control
side-chain input, click Side-Chain Listen to en-
ableit (highlighted).

I

Side-Chain section

4 Tofilter theside-chaininput so that only specific
frequencies within the input signal trigger the
plug-in, use the HF and LF controlsto select a
frequency range.

5 Begin playback. The plug-in usesthefiltered in-
put signal to trigger dynamics processing.

6 To fine-tune side-chain triggering, adjust the
plug-in controls.

Chapter 12: Dynamics Ill
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Chapter 13: Fairchild Plug-Ins

The Fairchild plug-ins are a pair of vintage com-
pressor plug-ins that are available in DSP, Native,
and AudioSuite formats.

The Fairchild plug-ins support 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

The Fairchild plug-ins operate as mono,
multi-mono, or stereo plug-ins.

Fairchild 660

Re-introducing the undisputed champion in price,
weight, and performance: the $35,000, one-hun-

dred pound, Fairchild 660. Avid's no-compromise
replica captures every detail of this studio classic.

Designed in the early 1950s, the Fairchild 660 is a
variable-mu tube limiter. Variable-mu designs use
an unusual form of vacuum tube that is capable of
changing its gain dynamically.

The result? In addition to featuring a tube audio
stage like the LA-2A, the Fairchild actually
achieves gain reduction through the use of tubes!

Chapter 13: Fairchild Plug-Ins
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Fairchild 660

The heart of the Fairchild limiter—a 6386 triode—
is one such variable-mu tube. In fact, four of these
tubes are used in parallel. A key part of the Fair-
child design, it ensures that the output doesn’t get
darker as the unit goes further into gain reduction,
and also reduces distortion as the tubes are biased
further into Class-B operation.

Tubes, wires, and iron
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Fairchild 660 Controls

Adjust the Input Gain and Threshold controls to-
gether until you get the sound you want. Like many
classic compressors, after alittle bit of tweaking,
you' [l know immediately when you get it right.

Input Gain Input Gain sets the input level to the
unit and the compression threshold, just likethe In-
put control on an 1176. Full clockwiseis|oudest.

Threshold Threshold adjusts the gain to the side-
chain, just like the Peak Reduction control on an
LA-2A.

Time Constant Selectsthe attack and rel ease times
for the compressor. Oneis fastest, and six is slow-
est. Seven and eight are custom presets.
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Fairchild 660 Tips and Tricks

5,6,7,8...

The Fairchild manual documents Time Constant
settings 5 and 6 asuser presets—although you have
to go inside with a soldering iron to change them.
We used the “factory default” values.

Bonus Settings

Settings 7 and 8 do not exist on real-world units—
well, at least most of them. These settingsaretaken
from areal-world Fairchild modification invented
by Dave Amels many years before he designed the
plug-in version.

What do they do? Settings 7 and 8 offer versions of
Time Constant 2 with a gentler release useful for
compressing vocals and other program material
where you desire more subtlety in the compression
action. Give them atry—you’ ve already heard
them on hit songs on the radio.

Pump It Up

With a carefully adjusted Input Gain and Thresh-
old, you can use Time Constant 1 to achieve acool
pumping effect on drums. The sound gets darker
and fuller, and sits beautifully in amix.
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Fairchild 670

Avid’s no-compromise replica captures every de-
tail of the Fairchild 670. The Fairchild 670 isa
dual-channel unit and, as such, isonly available on
stereo tracks.

Note that the companion Fairchild 660 also sup-
ports stereo operation. Both a Fairchild 660 and a
Fairchild 670 were model ed from scratch using two
different hardware units. Thisgivesyou achoice of
two different-sounding Fairchild unitsto try on
your stereo tracks!

THRESHOLD TIME CONSTANT

wikSoid
A

RIGHT INPUT GAIN THRESHOLD TIME CONSTANT

Fairchild 670

Theinternal design of theFairchild670issimilar to
the Fairchild 660. However, the Fairchild 670 of-
fers two channels of compression instead of one.
Combined with the AGC control, this gives you
even more compression options on stereo tracks.
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Fairchild 670 Controls

Adjust the Input Gain and Threshold controls to-
gether on both channelsuntil you get the sound you
want. Like many classic compressors, after alittle
bit of tweaking, you'll know immediately when
you get it right.

Input Gain Setstheinput level to the unit and the
compression threshold, just like the Input control
on an 1176. Full clockwise is loudest.

Threshold Adjusts the gain to the sidechain, just
like the Peak Reduction control on an LA-2A.

Time Constant Selectstheattack and releasetimes.
Oneisfastest, and six is slowest. Seven and eight
are custom presets. See“Fairchild 670" on page 77
for details on these custom settings.

AGC Letsyou select Left/Right processing or
Lat/Vert processing of thetwo channels. Left/Right
works like a dual-mono compressor with separate
controlsfor the left and right channels. In Lat/Vert
mode the top row of controls affects the in-phase
(Lat) information and the bottom row of controls
affects the out of phase (Vert) information. Al-
though originally designed for vinyl mastering
where excess Vert (vertical) information could
cause the needleto jump out of the groove, you can
usethe Lat/Vert mode to achieve some amazing ef-
fects — especialy on drums.

Fairchild 670 Tips and Tricks

To exactly match the settings between channels,
hold down the Shift key while adjusting a control.
Thisis useful when trying to preserve the existing
Left/Right balance on stereo material.

7



Chapter 14: Focusrite D3

Focusrite D3 is a high-quality dynamics processor
plug-in. Developed in cooperation with Focusrite,
the D3 is based on the highly acclaimed

Red Range 3™ dual mono/stereo compressor &
limiter designed by Rupert Neve.

D3isavailablein DSP, Native, and AudioSuite
formats.

D3 supports 44.1 kHz, 48 kHz, 88.2 kHz, 96 kHz,
176.4 kHz and 192 kHz sample rates.

D3 operates asamono, multi-mono, or stereo plug-

RATIO cK LIMIT

RERR )

0.0 0.0 6.0:1

@) o \\‘\ e m;‘;imn 'l' RELEASE \\\
-24.0

Dt gy 250 ms

THRESHOLD \'_\‘
I 0.0

AVIP Focusrit

Focusrite D3
D3 features include:

+ Compressor+Limiter. Thisconfiguration allows
you to use both the compressor and the limiter at
the same time. The Compressor+Limiter plug-in
requires twice as much DSP as the Compres-
sor/Limiter.
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« Compressor/Limiter. This configuration alows
you to use either the compressor or the limiter—but
not both at the same time. The Compressor/Limiter
plug-in uses half as much DSP as the Compres-
sor+Limiter. It isprovided so that you can conserve
DSP, since you may not need both compression and
limiting at the same time.

The Compressor/Limiter defaults to the compres-
sor being enabled and the limiter disabled.

D3 Compressor

The D3 compressor reduces the dynamic range of
audio signals that exceed a user-sel ectabl e thresh-
old by a specific amount. Thisis accomplished by
reducing output levels asinput levelsincrease
above the threshold.

The amount of output level reduction that D3 ap-
pliesasinput levelsincrease is referred to as the
compression ratio. This parameter is adjustable. If
you set the compression ratio to 2:1, for example,
for each 2 dB that the signal exceedsthe threshold,
the output level will be reduced to 1 dB above the
threshold. With acompressionratio of 4:1, an 8 dB
increasein input will produce only a2 dB increase
in output.
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D3 Limiter

The D3 limiter operates as afast-attack compressor
with ahigh compression ratio. It does not attack in-
stantaneously or look ahead in order to attack ahead
of time, but instead uses a very fast, 1-millisecond
attack time. As such, the D3 isnot a“brick wall”
limiter, but limitsthe overall dynamic range of sig-
nalsin a sonically-pleasing way.

Likethe Compressor, the Limiter isactivated when
the signal exceeds the user-selected threshold. The
Limiter then compresses any signal above the se-
lected threshold down to the threshold limit that
you have set.

To enable the limiter:

1 Disable the compressor by Control-clicking
(Mac) or Start-clicking (Windows) itsicon.

2 Click the Limiter icon.

RATIO ATTACK LT

/] b -
6.0:1 500 ms

THRESHOLD &

T nm:::mn "‘ RELEASE \\\ — i
0

-24.0 250 ms
-18 i <12

AVIP [ocusrite

Compressor Limiter

Compressor and Limiter icons
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D3 Side-Chain Processing

Compressors and limiters generally use the de-
tected amplitude of the input signal as a control
source. Other signals can also be used as a control
source by using akey input. With de-essing, for ex-
ample, afrequency-modified version of the input
signal isused as atrigger. Thisis known as side-
chain processing.

Side-chain processing allows the D3 compression
or limiting to be controlled by another independent
audio signal. In thisway you can compress or limit
onetrack’ s audio using the dynamics of adifferent
track’s audio.

Using D3 in Stereo

In stereo configurations, all D3 controls except the
Input Level affect both channels of the stereo sig-
nal. The D3 RMS detector (which derives the con-
trol signal that drives the dynamics processing)
uses a composite of the two channels. Because of
this, when stereo processing occurs, thereisno im-
age shift when signal levels differ between the two
channels (since the composite control signal drives
processing for both channels).
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D3 Common Controls

Input Level

Input Level attenuates signal input level to the
compressor or limiter. The range of this control is
from —-30 dB to 0 dB.

When you use the stereo version of the D3 plug-in,
each channel hasits own separate Input Level
knob. To adjust input levels for both channels si-
multaneoudly, Shift-drag. Option-Shift clicking
(Mac) or Alt-Shift-clicking (Windows) either Input
Level knob resets both channelsto 0 dB.

Input Level
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Output Level

Output Level adjusts the overall output gain. Be-
cause large amounts of compression can restrict
dynamic range, the Output Level knob isuseful for
compensating for heavily compressed signals and
making up the resulting differencein level.

When you use the stereo version of the D3 plug-in,
thissingle knob controls the master output for both
channels. The range of this control isfrom—-12 dB
of attenuation to +18 dB of gain.

Output Level

External Key and Key Listen

Theside-chainisthe split-off signal used by aplug-
in’ sdetector to trigger dynamics processing. Exter-
nal Key lets you designate an external source
(known as the key input) for the side-chain, while
Key Listen lets you monitor the key input.

External
Key

Key Listen

External Key and Key Listen toggles

See " Using the Sde-Chain Input in D3” on
page 84 for detailed information on external
side-chain processing.
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Meters

The meters indicate gain reduction (the top meter)
and output level (the bottom meter). The Gain Re-
duction meter indicates the amount of gain reduc-
tion in dB. The Output Level meter indicates the
output signal level in dB.

In Stereo mode, two Output Level meters appear,

one for each channel. However, asingle Gain Re-
duction meter is used for both channels, since the
D3 RMS detector uses a composite control signal.

A red Clip Indicator appears to the right of the out-
put meter(s). Clicking on the Clip Indicator clears
it. Option-clicking (Mac) or Alt-clicking (Win-
dows) clears both channels when the plug-inis
used in stereo.

Meters

The following metering indications are used:

» Green = nomind levels

* Yellow = pre-clipping at —6 dB below full scale
signal

» Red =full scalesigna (clipping)

D3 Compressor Controls

The Compressor icon, which represents acompres-
sion curve, actsasathree-state switch for enabling,
disabling, or bypassing the compressor. Its current
stateisindicated by the icon’s color.

Compressor icon
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» White indicates enabled. In this state the com-
pressor is active and using available DSP re-
sources.

« Black indicates disabled. In this state, the com-
pressor is not using DSP resources.

¢ Gray indicates bypassed. In this state the com-
pressor is not active, but is still using available
DSP resources.
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Compressor controls
To disable the compressor:

= Control-click (Mac) or Start key-click (Win-
dows) the icon. When the compressor is dis-
abled, theicon is black.

To re-enable the compressor:

= Click theicon. When the compressor isenabled,
theicon iswhite.

To bypass the compressor:

= Click theicon a second time. When the com-
pressor is bypassed, theicon is gray.

If you are using the Compressor/Limiter plug-in,
which alows you to use either the compressor or
the limiter (but not both simultaneously), you must
disable one module by Control-clicking (Mac) or
Start-clicking (Windows) the icon before you can
enable the other.
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Ratio

Ratio setsthe compressionratio. If theratioisset to
2:1for example, it will compresschangesinsignals
above the threshold by one half. The range of this
control isfrom 1.5:1 (very little compression), to
10:1 (heavy compression, bordering on limiting).

Ratio

Threshold

Threshold sets the threshold level. Signals that ex-
ceed thislevel will be compressed. Signalsthat are
below it will be unaffected. The range of this con-
trol isfrom O dB to —48 dB. A setting of 0dB is
equivalent to no compression.

)

-24.0
Threshold

Attack

Attack setsthe compressor attack time. To use
compression most effectively, the attack time
should be set so that signals exceed the threshold
level long enough to cause an increase in the aver-
age level. This helps ensure that gain reduction
doesn’t decrease the overall volume. The range of
this control isfrom 1.0 msto 150.0 ms.

Attack
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Release

Release controls how long it takes for the compres-
sor to be fully deactivated after the input signal
drops below thethreshold level. In general, this set-
ting should be longer than the attack time and long
enough that if signal levels repeatedly rise above
the threshold, they cause gain reduction only once.
If the release timeistoo long, aloud section of the
audio material could cause gain reduction that per-
sists through a soft section. The range of this con-
trol isfrom 25 milliseconds to 2.5 seconds.

RELEASE ‘l,

1.0 5ec
Auto Release
Auto Release

Auto Release enables the automatic rel ease func-
tion. In this mode the Release control has no effect
onreleasetime. Instead, the D3 uses arelease time
value that is program dependent and based on the
audio being processed.

9)

Auto Release
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D3 Limiter Controls

The Limiter icon, which represents alimiter curve,
acts as a three-state switch for enabling, disabling,
or bypassing the limiter. Its current stateisindi-
cated by theicon’s color:

¢ Whiteindicates enabled. In this state, the limiter
is active and using available DSP resources.

» Black indicatesdisabled. In this state, the limiter
is not using DSP resources.

 Gray indicates bypassed. In this state, the limiter
isnot active, but is still using available DSP re-
SOUrces.

LIBEIT

THRESHOLD ‘I i
'

Limiter controls

—

Limiter In/Out icon

To disable the limiter:

= Control-click (Mac) or Start key-click (Win-
dows) theicon. When thelimiter isdisabled, the
iconisblack.

To re-enable the limiter:

= Click theicon. When the limiter is enabled, the
icon iswhite.

To bypass the limiter:

= Click theiconasecondtime. Whenthelimiteris
bypassed, theicon is gray.
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If you are using the Compressor/Limiter plug-in,
which allows you to use either the compressor or
thelimiter (but not both simultaneously), you must
disable one module by Control-clicking (Mac) or
Start-clicking (Windows) the icon before you can
enable the other.

Limit LED

When lit, the Limit LED indicates that limiting is
being applied. When unlit, limiting is not being ap-
plied.

LIBEIT

Limit LED

Threshold

This sets the threshold level. Signals that exceed
thislevel will be limited. Signalsthat are below it
will be unaffected. A setting of 0 dB is equivalent
to no limiting. The range of this control is from
—24dB to 0 dB.

THRESHOLD ‘l’

—

Threshold
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Using the Side-Chain Input in
D3

Theside-chainisthe split-off signal used by aplug-
in'sdetector to trigger dynamicsprocessing. D3 lets
you switch between internal and external side-
chain processing.

With external side-chain processing, aplug-in'sde-
tector istriggered by an external signal (such asa
separate reference track or audio source) known as
the key input.

A typical use for thisfeature isto use akick drum
track to gate and tighten up a bass track, or a
rhythm guitar track to gate another instrument.

External Key

External Key toggles external side-chain process-
ing on or off. When this button is enabled, the plug-
in usesthe amplitude of an external signal (the key
input) to trigger compression or limiting. Whenthis
button isdisabled, the plug-in usesthe amplitude of
the input signal to trigger dynamics processing.

External Key

Key Listen

Key Listen enables and disables auditioning of the
key input controlling the external side-chain. This
is useful for fine-tuning the compressor’s settings
to the key input.

Q)4

Key Listen
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Using a Key Input for External
Side-Chain Processing

To use a key input to trigger dynamics processing:

1 Click the Key Input selector and select theinput
or bus carrying the audio from the reference
track or external audio source.

Bus 7 (Mono}
Bus 8 (Mono)
Bus 9 (Mono) BYPASS
Bus 10 (Mono) oM
Bus 11 (Mono)

Presel
no key input

interface

Bus 12 (Mono)

Bus 13 (Mono) A, iy
Bus 14 (Mono) -
Bus 15 (Mono)
Bus 16 (Mona)
Bus 17 (Mono)
Bus 18 (Mono)
Bus 19 (Mona)

| THRESHOLD s
— oo

Selecting a key input
2 Click External Key to activate external side-
chain processing.

3 Tolisten to the key input that will be used to
control side-chain processing, click Key Listen
to enableit.

4 Begin playback. The plug-in uses the input or
bus that you chose as an external key input to
trigger its effect.

5 Adjust the plug-in Threshold control to fine-
tune external key input triggering.
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Chapter 15: Impact

Impact isavailablein DSP, Native, and AudioSuite
formats. Impact plug-in provides critical control
over the dynamic range of audio signas, with the
look and sound of amixing consol€’ s stereo-bus
COMPressor.

Impact supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

Impact supports mono, stereo, and greater-than-
stereo multichannel formats up to 7.1.

Greater-than-stereo formats are only
available with Pro Tools HD.

Frasm = Auts Msp
tammary dutsit ST Funiory Dulvt e WPARE
¢ W COMPARE  BAFE  Mecows oA DR

RATIO THRESHOLD MAKEUP

P as
@' -
4

11
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Impact
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Impact Controls

Impact Ratio Control

Ratio setsthe compression ratio. If theratioisset to
2:1for example, it will compresschangesinsignals
above the threshold by one half. This control pro-
vides four fixed compression ratios, 2:1, 4:1, 10:1,
and 20:1. Selecting 2:1 applies very light compres-
sion; selecting 20:1 applies heavy compression,
bordering on limiting.

Impact Attack Control

Attack sets the compressor attack time. To use
compression most effectively, the attack time
should be set so that signals exceed the threshold
level long enough to cause an increase in the aver-
age level. This helps ensure that gain reduction
does not decrease the overall volume. The range of
this control isfrom 0.1 msto 30.0 ms.

Impact Threshold Control

Threshold sets the decibel level that a signal must
exceed for Impact to begin applying compression.
Signals that exceed the Threshold will be com-
pressed by the amount of gain reduction set with
the Ratio control. Signals that are below the
Threshold will be unaffected. The range of the
Threshold control isfrom —70 dB to -0 dB. A set-
ting of —0 dB is equivalent to no compression.
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Impact Release Control

Release controls the length of time it takes for the
compressor to be fully deactivated after the input
signal drops below the threshold level. In general,
this setting should be longer than the attack time
and long enough that if signal levelsrepeatedly rise
abovethethreshold, they cause gain reduction only
once. If thereleasetimeistoo long, aloud segment
of audio material could cause gain reduction to per-
sist through a low-volume segment (if one fol-
lows). Setting this control to its maximum value,
Auto, selects arelease time that is program depen-
dent, based on the audio being processed. The
range of this control isfrom 20 millisecondsto 2.5
seconds.

Impact Make-up Control

Make-Up adjusts the overall output gain. Because
large amounts of compression can restrict dynamic
range, the Make-Up control is useful for compen-
sating for heavily compressed signals and making
up theresulting differencein level. When Impactis
used on stereo or multichannel tracks, the Make-Up
control determines master output levels for all
channels. The range of this control isfrom O dB of
attenuation to +40 dB of gain.

A Applying largeamountsof Make-Up gain
will boost the level of any noise or hiss
presentin audio material, makingit more
audible.
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Impact Ext Control (Side-Chain)

External On/Off enables and disables side-chain
processing. With side-chain processing you can
trigger compression from aseparate referencetrack
or external audio source. The source used for trig-
gering side-chain processing is referred to as the
Key Input.

See “ Using the Impact Compressor” on
page 87 for instructions on setting up and us-
ing a key input.

Impact Listen On/Off Control

Key Listen On/Off enables and disables audition-
ing of the Key Input (the referencetrack or external
audio source used for triggering side-chain pro-
cessing). Thisis useful for fine-tuning Impact’s
compression settings to the Key Input.

Impact Gain Reduction Meter

The Gain Reduction meter is an anal og-style meter
that indicates the amount of gain reduction in dB.
Therange of thismeter isfrom 0 dB to 40 dB. The
gain reduction meter displays the amount of gain
reduction linearly from 0-20 db, and non-linearly
from 2040 dB.
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Impact Meters

The Input/Output meters indicate input and output
signal levelsin dB. When Impact is used in mono
or stereo, both input and output meters are dis-
played. When Impact is used in amultichannel for-
mat, only output meters are displayed by default.
Y ou can toggle the meter display to show only in-
put meters by clicking the blue-green rectangle at
the lower right of the meter display.

A red clip indicator appears at the top of each me-
ter. Clicking aclip indicator clearsit. Alt-clicking
(Windows) or Option-clicking (Mac) clearstheclip
indicatorson all channels.

Using the Impact Compressor

Compressors reduce the dynamic range of audio
signalsthat exceed a user-selectable threshold by a
specific amount. Thisis accomplished by reducing
output levels as input levels increase above the
threshold.

The amount of output level reduction that Impact
appliesasinput levelsincreaseisreferred to asthe
compression ratio. Thiscontrol isadjustablein dis-
creteincrements. If you set thecompressionratio to
2:1, for example, for each 2 dB that the signal ex-
ceeds the threshold, the output level will bere-
duced to 1 dB above the threshold. With acom-
pression ratio of 4:1, an 8 dB increase in input will
produce only a2 dB increase in outpuit.
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Side-Chain Processing

Compressors generally use the detected amplitude
of their input signal as a control source. However,
you can also use other signals, such as a separate
reference track or an external audio signal asacon-
trol source. Thisisknown asside-chain processing.

Side-chain processing lets you control Impact com-
pression using an independent audio signal. In this
way you can compress the audio of onetrack using
the dynamics of a different audio track.

The reference track or external audio source used
for triggering side-chain processingisreferred to as
the Key Input.

Using the Impact Side-Chain
Input

Impact provides side-chain processing capabili-
ties.Compressors typically use the detected ampli-
tude of their input signal to cause gain reduction.
This split-off signal is called the side-chain. How-
ever, an external signa (referred to asthe Key In-
put) can be used to trigger compression.

A typical usefor side-chain processing isto control
the dynamics of one audio signal using the dynam-
ics of another signal (referred to as the Key Input).
For example, you could use alead vocal track to
trigger compression of abackground vocal track so
that their dynamics match.
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To use a Key Input signal for side-chain
processing:

1

\

Q Remember to disable Listen to resume

6

Click the Send button and select a bus path for
the audio track or Auxiliary Input you want to
use as the side-chain signal.

From Impact’s Key Input menu, select the input
or bus path carrying the audio you want to use as
the side-chain signal to trigger Impact compres-
sion. The Key Input source must be mono-
phonic.

To activate external side-chain processing, click
Ext.

Begin playback. Impact uses the input or bus
that you selected as aKey Input to trigger its ef-
fect.

If you want to hear the audio source you have se-
lected as the side-chain input, click Listen. (To
stop listening to the side-chain input, click Lis-
ten again).

normal plug-in monitoring.

Adjust Impact’s Threshold control to fine-tune
Key Input triggering.
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Chapter 16: JOEMEEK SC2 Compressor

The JOEMEEK SC2 Compressor isadynamics
processing plug-in that isavailablein DSP, Native,
and AudioSuite formats.

SC2 supports44.1 kHz, 48 kHz, 88.2 kHz, 96 kHz,
176.4 kHz and 192 kHz sample rates.

SC2 operates as a mono, multi-mono, or stereo
plug-in.

JOEMEEK SC2 Compressor

Legendary producer Joe Meek used to say, “If it
soundsright, it isright.” Nowhere is this more ap-
parent than in Joe Meek’ s masterful use of non-lin-
ear, sometimes severe compression in his produc-
tions. In use by top producers the world over,
JOEMEEK compression is the secret weapon that
gives your sound the character and excitement it
deserves!

The JOEMEEK Compressor is designed purely as
an effects compressor. Its purpose is to change the
way the ear perceives sound; its action changesthe
clarity, balance, and even rhythmic feel of music.
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JOEMEEK Compressor
Controls

The SC2 Compressor provides the following con-
trols:

Input Gain Input Gain adjusts theinput level to the
COMpressor.

Compression The Compression control affectsthe
gain to the side-chain of the compressor. Useiit
aong with Slope to adjust the amount of compres-
sion.

Output Gain Output Gain provides makeup gain
after compression.

Slope Slopeis similar to the compression ratio
controlsfound on other compressors. However, on
the JOEMEEK, the actual ratio varies based on
program material so theterm Slopeisused instead.
Inpractice, 1isvery gentlecompressionand 2 or 3
are typically right for voice and submixes. The
higher numbers are better for instruments and ex-
treme sounds. (At the suggestion of the original de-
signers, the 5 setting found on the later-model JO-
EMEEK SC2.2 were added. Use 5 to create severe
pumping effects.)

Attack Attack sets the time that the compressor
takesto act. Slower attacks aretypically used when
the sound of the compression needsto be less obvi-
ous.

Release Release sets the time during which signa
returns to normal after compression. With longer
release times, the compression is less noticeable.
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JOEMEEK Compressor Tips
and Tricks

Not Perfect, Just Right

Standard engineering practice says that a compres-
sor should work logarithmically. For a certain in-
crease of volume, the output volume should rise
proportionally less, with aresult that the more you
put in, the more it’s pushed down.

The JOEMEEK compressor doesn’t work thisway.
Asvolumeincreases at theinput, apoint isreached
where the compressor starts to work and the gain
through the amplifier is reduced. If the input level
keepsrising, gradually the gain reduction becomes
lesseffective and the amplifier goesback to being a
linear amplifier except with the volume turned
down.

Thisisby design, and is based on an understanding
of how the human ear behaves! The result isthat
the listener isfooled into thinking that the JOE-
MEEK compressed sound is louder than it really
is—but without the strange psychoacoustic effect
of “deadness’ that other compressors suffer from.

Overshoot

At fast Attack settings, it is possible to make the
JOEMEEK *“overshoot” on percussive program
material. This means that the compression elec-
tronics are driven hard before the light cellsre-
spond to theincreased level. The cells catch up and
overcompress momentarily giving atiny dip imme-
diately following the start of the note.

To hear it, use adrum track, set Slopeto 5, and At-
tack and Releaseto Fast. Used sparingly, thiseffect
can contribute to musical drive in your tracks.
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Attack and Release Times

It may be difficult to understand the interactions
between the Attack and Release controls, because
the JOEMEEK Compressor behaves very differ-
ently than typical compressors. Experimentationis
the best option, but an explanation may help you
understand what’ s going on.

The JOEMEEK Compressor uses a compound re-
lease circuit that reacts quickly to short bursts of
volume, and less quickly to sustained volume.
While the unit was being prototyped and designed,
the values and ranges of these timingswere chosen
by experimentation using wide ranges of program
material.

Because of these intentional effects produced by
the compressor, the JOEM EEK makes a perfect
tool for general enhancement of tracks to
“brighten,” “tighten,” “clarify,” and catch the at-
tention of thelistener, functionsthat are difficult or
impossible to achieve with conventional compres-
sor designs.
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Chapter 17: Maxim

Maxim isaunique and powerful peak-limiting and
sound maximizing plug-in that isavailablein DSP,
Native, and AudioSuiteformats. Maximisideal for
critical mastering applications, aswell as standard
peak-limiting tasks.

Maxim offers severd critical advantages over tra-
ditional hardware-based limiters. Maxim takesfull
advantage of the random-access nature of disk-
based recording to anticipate peaks in audio mate-
rial and preserve their attack transients when per-
forming reduction. This makes Maxim more trans-
parent than conventional limiters, sinceit preserves
the character of the original audio signal without
clipping peaks or introducing distortion.

Maxim supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sampl e rates.

Maxim operates as a mono, multi-mono, or stereo
plug-in.
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Maxim features include:

 “Perfect attack-limiting” and look-ahead analy-
sis accurately preserve transient attacks and the
character of original program material

« A full-color histogram plots input dB history
during playback and provides visual feedback
for setting threshold level

e A user-adjustable ceiling lets material be level-
optimized for recording

« Dither for noise shaping during final mixdown

¢ Online Help provides descriptions of each con-
trol, shown by holding the pointer over any of the
elementsin Maxim'’s display.
Track Prosat = Auto

Mesteri @ | CDMastoring (18bI) = S BYPASS

Mxim PNEETE comPARE  SAFE | DEP

THRESHOLD  CEILING
-3.0dB -0.1d8

]

Maxim
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About Peak Limiting

Peak limiting is an important element of audio pro-
duction. Itisthe process of preventing signal peaks
in audio material from clipping by limiting their
dynamic range to an absolute, user-selectable ceil-
ing and not letting them exceed this ceiling.

Limiterslet you select athreshold in decibels. If an
audio signal peak exceeds this threshold, gain re-
duction is applied, and the audio is attenuated by a
user-sel ectable amount.

Limiting hastwo main usesin the audio production
cycle:

¢ Adjusting the dynamic range of an entire final
mixdown for premastering purposes

* Adjusting the dynamic range of individua in-
struments for creative purposes

Limiting a Mix

The purpose of applying limiting during final mix-
down isto flatten any large peaks remaining in the
audio material to have ahigher averagesignal level
inthefinal mix. By flattening peaksthat would oth-
erwise clip, it is possible to increase the overall
level of the rest of the mix. Thisresultsin higher
average audio levels, potentially better signa to
noise ratio, and a smoother mix.
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Limiting Individual Instruments

The primary purpose of applying limiting to indi-
vidual instrumentsisto alter their dynamic rangein
subtle or not-so-subtle ways. A common applica
tion of thistype of limiting isto modify the charac-
ter of drums. Many engineers do this by applying
heavy limiting to flatten the snap of the attack por-
tion of adrum hit. By adjusting the release time of
the limiter it is possible to bring up room tone con-
tained in the decay portion of the drum sound.

In some cases, this type of limiting can actually
change adrum’ scharacter from avery dry soundto
arelatively wet sound if there is enough room tone
present. This method is not without its drawbacks,
however, sinceit can aso bring noise levelsup in
the source audio if present.
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How Maxim Differs From
Conventional Limiters

Maxim is superior to conventional limitersin sev-
eral ways. Unlike traditional limiters, Maxim has
the ability to anticipate signal peaks and respond
instantaneously with atrue zero attack time.

Maxim does this by buffering audio with a 1024-
sample delay while looking ahead and analyzing
audio material on disk before applying limiting.
Maxim can then instantly apply limiting before a
peak builds up. Theresult is extremely transparent
limiting that faithfully preserves the attack tran-
sients and retains the overall character of the origi-
nal unprocessed signal.

In addition, Maxim provides a histogram, that dis-
playsthe distribution of waveform peaksin the au-
dio signal. This provides a convenient visua refer-
ence for comparing the density of waveform peaks
at different decibel levels and choosing how much
limiting to apply to the material.

A Maximintroducesa delay that is proportional
to the session samplerate. To preserve phase
synchronicity between multiple audio sources
when Maximis only applied to one of these
sources, use Delay Compensation or the Time
Adjuster plug-in.
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Maxim Controls and Meters

Maxim Input Level Meter

This meter displays the amplitude of input signals
prior to limiting. Unlike conventional meters,
Maxim’s Input meter displays the top 24 dB of dy-
namic range of audio signals, which iswhere limit-
ing istypically performed. This provides you with
much greater metering resol ution within this range
so that you can work with greater precision.

Maxim Histogram

The Histogram displays the distribution of wave-
form peaksin the audio signal. Thisgraph is based
on audio playback. If you select and play a short
loop, the histogram is based on that data. If you se-
lect and play alonger section, the Histogram is
based on that. Maxim holds peak data until you
click the Histogram to clear it.

The Histogram provides avisual reference for
comparing the density of waveform peaks at differ-
ent decibel levels. Y ou can then base limiting deci-
sions on this data.

The X axis of the Histogram shows the number of
waveform peaks occurring at specific dB levels.
The Y axis shows the specific dB level at which
these peaks occur. The more waveform peaks that
occur at a specific dB level, the longer the X-axis
line. If there appears to be a pronounced spike at a
certain dB level (4 dB for example), it means that
there are arelatively large number of waveform
peaks occurring at that level. Y ou can then use this
information to decide how much limiting to apply
tothesignal.
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By dragging the Threshold slider downwards, you
can visually adjust the level at which limiting will
occur. Maxim displays the affected rangein or-
ange.

THRESHOLD: CEILING
-3.0 dB -0.1 dB

L

A

dB level of
waveform
peaks

density of [l
waveform
peaks at

each level

Histogram

Maxim Threshold Slider

Thisslider setsthethreshold level for limiting. Sig-
nals that exceed thislevel will be limited. Signals
below it will be unaffected. Limited signal peaks
are attenuated to match the threshold level, so the
valuethat you set herewill determinetheamount of
reduction applied.

Maxim Output Meter

This meter displaysthe amplitude of the output sig-
nal. The value that appears here represents the pro-
cessed signal after the threshold, ceiling, and mix-
ing settings have been applied.
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Maxim Ceiling Slider

This slider determines the maximum output level.
After limiting is performed you can use this slider
to adjust the final output gain. The value that you
set herewill betheabsolute ceiling level for limited
peaks.

Maxim Attenuation Meter

This meter displays the amount of gain reduction
being applied over the course of playback, with the
maximum peak displayed in the numeric readout at
the bottom of the meter. For example, if the numer-
ical display at the bottom of the Attenuation meter
displaysavaue of 4 dB, it means that 4 dB of lim-
iting has occurred. Since thisis a peak-hold read-
out, you can temporarily walk away from asession
during playback and still know the maximum gain
reduction value when you come back. To clear the
numeric readout, click it with the mouse.

Maxim Release Knob

Thisknob sets how long it takes for Maxim to ease
off of its attenuation after theinput signal drops be-
low the threshold level. Because Maxim has an at-
tack time of zero milliseconds, the release control
has avery noticeable effect on the character of lim-
iting. In general, if you are using heavy limiting,
you should use proportionally longer release times
in order to avoid pumping that may occur when
Maxim isforced to jump back and forth between
limited and unlimited signal levels. Lengthening
the release time has the effect of smoothing out
these changesin level by introducing alag in the
ramp-up or ramp-down time of attenuation. Use
short release times on material with peaks that are
relatively few in number and that do not occur in
close proximity to each other. The Release control
has a default value of 1 millisecond.
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Maxim Mix Slider

Thisslider setstheratio of dry signal to limited sig-
nal. In general, if you are applying Maxim to a
main output mix, you will probably want to set this
control to 100% wet. If you are applying heavy lim-
iting to an individual track or element in amix to
modify itscharacter, thiscontrol is particularly use-
ful sinceit letsyou control precisely the amount of
the processed effect mixed with the original signal.

Maxim Link Button

When depressed, this button (located between the
Threshold and Ceiling numeric readouts) links the
Threshold and Ceiling controls. These two sliders
will then move proportionally together. Asyou
lower the Threshold control, the Ceiling control is
lowered as well. When these controls are linked
you can conveniently compare the effect of limit-
ing at unity gain by clicking the Bypass button.

Maxim Dither Button

When selected, this applies dither. Dither isaform
of randomized noise used to minimize quantization
artifactsin digital audio systems. Quantization arti-
factsare most audible when the audio signal isnear
the low end of its dynamic range, such as during a
quiet passage or fade-out.

Applying dither hel ps reduce quantization noise
that can occur when you are mixing from a 24-bit
source to a 16-bit destination, such as CD-R or
DAT. If you are using Maxim on a Master Fader
during mixdown, Maxim’s built-in dither function
saves you the trouble and DSP resources of having
to use a separate Dither plug-in.

If Dither is disabled, the Noise Shaping and Bit
Resolution controls will have no effect.
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Maxim Noise Shaping Control

When selected, this applies noise-shaped dither.
Noi se shaping biasesthedither noiseto lessaudible
high frequencies so that it is not as readily per-
ceived by the ear. Dither must be enabled in order
to use Noise Shaping.

Maxim Bit Resolution Button

These buttons select dither bit resolution. In gen-
eral, set this control to the maximum bit resolution
of your destination media.

+ 16-bit is recommended for output to digital de-
vices such as DAT recorders and CD recorders
since they have a maximum resolution of 16 bits.

« 18-bitisrecommended for output to digital de-
vices that have a maximum resolution of 18 bits.

« 20-bit is recommended for output to digital de-
vicesthat support afull 20-bit recording data path.
It is recommended for use with digital effects de-
vices that support 20-bit input and output, since it
provides for alower noise floor and greater dy-
namic range when mixing 20-bit signals directly
into Pro Tools.
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Using Maxim

Following are suggestions for using Maxim most
effectively.

To use Maxim:

1 Insert Maxim on atrack.

2 Select the portion of the track containing the
most prominent audio peaks.

3 Loop playback and look at the datadisplayed by
the Histogram and Attenuator meter.

4 Select the Link button to link the Threshold and
Ceiling controls. You can then adjust these con-
trols together proportionally and, using the By-
pass button, compare the audio with and without
limiting.

5 Adjust the Threshold downwards until you hear
and see limiting occur, then bring the Threshold
back up dlightly until you have roughly the
amount of limiting you want.

6 Periodically click and clear the Attenuation me-
ter to check attenuation. In general, applying
2 dB to 4 dB of attenuation to occasional peaks
in pop-oriented material is appropriate.

7 UsetheBypass button to compare the processed
and unprocessed sound and to check if the re-
sults are acceptable.

8 Avoid pumping effects with heavier limiting by
setting the Release control to longer values.

9 When you get the effect you want, deselect the
Link button and raise the output level with the
Ceiling slider to maximize signal levels without

clipping.
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In general, avalue of -0.5 dB or so isagood maxi-
mum ceiling. Don’t set the ceiling to zero, sincethe
digital-to-anal og converters on some DATs and
CD playerswill clip at or slightly below zero.

Q If you are using Maxim on an output mix that
" will befaded out, enablethedithering options
you want to improve the signal performance
of the material asit fadesto lower ampli-
tudes.

Maxim and Mastering

If you intend to deliver audio material as a 32-hit
floating point or 24-bit audiofile on disk for profes-
sional mastering, be aware that many mastering en-
gineers prefer material delivered without dither or
level optimization.

Mastering engineers typically want to receive au-
dio material as undisturbed as possible in order to
have leeway to adjust the level of the material rela-
tive to other material on aCD. In such cases, it is
advisable to apply only the limiting that you find
creatively appropriate—adding alittle punch to
certain instrumentsin the mix, for example.

However, if you intend to produce 16-bit output
from a source with a higher bit depth, use appropri-
ate limiting and add dither. Doing so will optimize
the dynamic range and preserve the activity of the
lower, or least-significant bitsin the audio signd,
smoothly dithering them into the 16-bit output.
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Chapter 18: Pro Compressor

Avid Pro Compressor is available in DSP, Native,
and AudioSuite formats. Pro Compressor provides
dynamic compression processing. The Avid Pro
Compressor processing algorithmsare based onthe
award-winning Euphonix System 5 console chan-
nel strip effects.

Pro Compressor supports 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

Pro Compressor supports mono, stereo, and

greater-than-stereo multichannel formatsup to 7.1.

A\ Creater-than-stereo formats are only
available with Pro Tools HD.

Pro Compressor
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In addition to standard knob and fader controls, Pro
Compressor also provides a dynamics graph to
track the gain transfer curve for compression, as
well as afrequency graph for side-chain filtering.
Additionally, the dynamics graph can be used to
graphically edit the Threshold, Ratio, Knee, and
Depth settings.

Pro Compressor Metering

Pro Compressor provides combined meters that
show both sample peak metering and averaged me-
tering. Pro Compressor uses sample peak meters
over average metering for Input and Output
signals. Attenuation metering uses sample peak
metering only.

The Peak Hold value is displayed numerically at
thetop of the meter and the Peak Hold indicator ap-
pears as athin orange line in the meter. This pro-
vides highly accurate visual metering correlation
with the audio signal. Pro Compressor also dis-
plays averaging metering with an integration time
of approximately 400 ms.

Input and Output meters use the following color
coding:

Dark Blue Indicates nominal levels from —90 to
—20dB.

Light Blue Indicates pre-clipping levels, from
—20dB to 0 dB.

Yellow Indicates full scale levelsfrom 0 dB to
+6 dB.
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Attenuation meters show yellow for the entire
dynamic range displayed.

Peak Indicators

The Input and Output meters provide graphical rep-
resentation of transient peaks, as well as graphical
and numerical display of the last, greatest regis-
tered peak (Peak Hold). The Attenuation meter pro-
vides similar graphical and numeric representa-
tions for the amount of compression applied to the
input signal.

The numerical display for the Peak value turns
orangewhen thesignal exceeds0 dB onthe meters.
Y ou can click the numerical display to reset the dis-
played value.

OUTPUTER
03 Peak Hold value

Peak Hold indicator

Sample Peak indicator

Average meter

Peak indicators in the Output meters
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Pro Compressor Input
Section

The Input section providesinput metering and con-
trols for adjusting the level of the input signal.

INFUT

i

%)

Input section with Meters and Input Level control

Input Level

The Input Level control sets the input gain of the
plug-in before processing, letting you boost or at-
tenuate gain at the plug-in input stage.

To adjust the level of the input signal, do one of the
following:

= Clickinthelnput Level field to type avalue
(-36.0dB to +36.0 dB).

= Click the Input Level control and drag up or
down to adjust the Input Level setting.

Input Meters

The Input meters show peak signal levels before
processing.
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Pro Compressor Output
Section

The Output section provides output metering and
controlsfor adjusting thelevel of the output signal.
The Output meters can also be toggled to show
post-processing gain attenuation meters.

CUTPUT &

Output section with Meters and Output Level control
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Output Level

The Output Level control setsthe output level after
processing, letting you make up gain or prevent
clipping on the channel wherethe Pro Compression
plug-inis being used.

To adjust the output level, do one of the following:

= Click inthe Output Level field and type avalue
(-INF dB to +12 dB).

= Click the Output Level control and drag up or
down to adjust the Output Level setting.

Output Meters

The Output meters show peak signal levels after
processing.

Attenuation Meters

The Output meter can be switched to show Attenu-
ation metering for the processed signal from 0 dB
to—-36 dB.

To toggle between the Attenuation and Output
meters:

= Click the Output/Attenuation toggle in the top
right-hand corner of the Output section.

Output/Attenuation toggle (Attenuation meters shown)

99



Pro Compressor Dynamics
Graph

The Dynamics Graph display shows a curve that
represents the level of the input signal (on the hor-
izontal x—axis) and the amount of gain reduction
applied (onthe vertical y—axis). The display shows
avertical line representing the Threshold setting
for the Compressor.

Input signal
level (x-axis)

ll':

N=g
s Gain reduction
12 amount (y-axis)
1
]

Threshold
Dynamics graph display

The Dynamics Graph display also features an ani-
mated red ball in the gain transfer curve display.
Thisball shows the amount of input gain (x-axis)
and gain reduction (y-axis) being applied to the in-
coming signal at any given moment. To indicate
overshoots (when an incoming signal peak istoo
fast for the current compression setting), the ball
temporarily leaves the gain transfer curve.

Use this graph as avisual guideline to see how
much dynamics processing you are applying to the
incoming audio signal.
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Using the Dynamics Graph to
Adjust Controls

Y ou can drag in the Dynamics Graph display to
adjust the corresponding Compressor controls. The
cursor updates to show which control is being ad-
justed:

e Threshold

* Ratio

* Knee

* Depth

To adjust the Threshold setting using the
Dynamics graph:

= Position the cursor over the vertical Threshold
line in the graph and drag left or right to make
the adjustment.

SWART | RMS Ave PEAK FAST
e e s s e o e

Cursor indicates Threshold adjustment
To adjust the Ratio setting using the Dynamics

graph:

= Position the cursor over theratio curvein the
graph and drag up or down (or left or right) to
make the adjustment.

SWART | Ris e PEAK FAST
o b —

Cursor indicates Ratio adjustment
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To adjust the Knee setting using the Dynamics
graph:

= Position the cursor over the “knee” of the curve
in the graph and drag up or down (or left or
right) to make the adjustment.

Cursor indicates Knee adjustment
To adjust the Depth setting using the Dynamics
graph:

= Position the cursor over the horizontal Depth
linein the graph and drag up or down (or left or
right) to make the adjustment.

SMART | RMS MG PEAK FAST
e e s e s s e e}

Cursor indicates Depth adjustment
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Detection Modes

Pro Compressor provides several different detec-
tion options for determining how the compressor
responds to the input signal.

To change the detection mode for the compressor:

= Click adetection mode from the options avail-
able above the Dynamics graph.

SMUART RS NG PEAK FAST
Detection mode options (Smart mode selected)

Detection options include the following:

Smart Select the Smart option for tracks with di-
verse input signals, or if you are simply not sure
what detector works best with the given audio ma-
terial. The Smart option analyzes the incoming sig-
nal and interpol ates between the different detection
modes as needed. This lets you apply alot of com-
pression without distortion or pumping.

RMS Select the RMS option to apply processing ac-
cording to the detected RM S (Root Mean Square)
amplitude of the input signal. The RMS option is
similar to the Average option, but with afaster re-
lease time.

Average Select the Average option to apply pro-
cessing according to the detected average ampli-
tude of the input signal.

Peak Select the Peak option to apply processing
according to the detected peak amplitude of the
input signal.

Fast Select the Fast option for trackswith high and
short transient signal's, such as a snare drum track.
The Fast option is similar to the Peak option, but
with faster attack and release times. However, be
careful when using the Fast option asit distorts ear-
lier than the other options. Be sure to configure the
other compressor settings with thisin mind.
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Attenuation Listen Mode

Attenuation Listen mode lets you isolate the gain
reduction part of the processed audio signal. This
can help you hear what parts of theinput signal are
triggering compression, which, in turn, can help
you better understand the characteristics of the
compressor with the current settings.

To enable (or disable) Attenuation Listen mode:

= Click the Attenuation Listen button (the speaker
icon at the top right of the dynamics graph) so
that it is highlighted. The button flashes while
Attenuation Listen mode is enabled. To disable
it, click the button again so that it is not high-
lighted.

Attenuation Listen mode enabled
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Pro Compressor Controls

Threshold

The Threshold control setsthe level that an input
signal must exceed to trigger compression. A signal
will be compressed if itslevel exceedsthis setting.
If the signal level falls below this value, no com-
pression will occur.

Ratio

The Ratio control sets the compression ratio—the
amount of compression applied as the input signal
exceeds the threshold. For example, a2:1 compres-
sion ratio means an input level that is 2 dB above
the threshold will be attenuated, resulting in an out-
put level that is 1 dB over the threshold. The com-
pression ratio ranges from 1.0:1 to 20.0:1.

Once the Ratio control hits 21.0:1, it displays
LMTR. The LMTR setting marks the highest “nor-
mal” compression mode before the onset of nega-
tive compression values (from —20.0:1to 0:1).

At the LMTR setting, for every decibel that thein-
coming signal goes over the set Threshold, 1 dB of
gain reduction is applied.

Compressor Ratio set to LMTR
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Once the Ratio control passesthe LM TR setting, it
provides negative ratio settings from —20.0:1 to
0:1.

Compressor Ratio set to a negative value

With these settings, for every decibel that the in-
coming signal goes over the set Threshold, more
than 1 dB of gain reduction is applied according to
the negative Ratio setting. For example, at the set-
ting of —1.0:1, for each decibel over the set thresh-
old, 2 dB of gain reduction is applied. Conse-
quently, the output signal is both compressed and
made softer. Y ou can usethisasacreative effect, or
as akind of ducking effect when used with an ex-
ternal key input.

Knee

The Knee control setsthe rate at which the com-
pressor reachesfull compression oncethethreshold
has been exceeded.

Asyou increase this control, it goes from applying
“hard-knee” compression to “soft-knee” compres-
sion:

* With hard-knee compression, compression be-
ginswhen theinput signal exceedsthethreshold.
This can sound abrupt and isideal for limiting.

* With soft-knee compression, gentle compression
beginsand increasesgradually astheinput signal
approaches the threshold, and reaches full com-
pression after exceeding the threshold. This cre-
ates smoother compression.
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Attack

The Attack control setsthe attack time, or therate at
which gain is reduced after the input signal level
crosses the threshold.

The smaller the value, the faster the attack. The
faster the attack, the more rapidly the compressor
applies attenuation to the signal. If you use fast at-
tack times, you should generally use a proportion-
aly longer release time, particularly with material
that contains many peaks in close proximity.

Q The actual compression attack timeis also
dependent on the selected Detection mode.
Each mode hasits own attack and release
times that are calculated in advance of com-
pression processing. If a slower Detection
mode is selected (such as AVG), the fastest
possible actual attack time for compression
can only be about 20 ms. The selected Detec-
tion mode similarly affects the compressor
release time.

Release

The Release control setsthe length of timeit takes
for compression to be fully deactivated after thein-
put signal drops below the threshold.

Release times should be set long enough that if sig-
nal levels repeatedly rise above the threshold, the
gain reduction “recovers’ smoothly. If the release
time istoo short, the gain can rapidly fluctuate as
the compressor repeatedly triesto recover from the
gainreduction. If thereleasetimeistoolong, aloud
section of the audio material could cause gain re-
duction that continues through soft sections of pro-
gram material without recovering.
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Depth

The Depth control sets the maximum amount of
gain reduction applied regardless of the input sig-
nal. For example, if Ratio is set to LMTR (between
20.0:1 and —20.0:1) and Depth is set to Off, up to
20 dB of gain reduction is applied to theincoming
signal (at 0 dB). If you set Depth to —10 dB, no
more than 10 dB of gain reduction is applied to the
incoming signal.

Dry Mix

The Dry Mix control sets the balance between the
compressed signal (wet) and the origina signal
(dry). The Dry Mix setting determines how much of
the original signal is sent to the output rather than
the processed signal. For example, at 30%, the out-
put will be 30% dry and 70% wet. Turn the Dry Mix
knob counterclockwise to 0% to pass only the pro-
cessed signal (100% wet). Turn the Dry Mix knob
clockwise to 100% to pass only the input signal
(100% dry).

Makeup

The Makeup control lets you boost overall output
gain to compensate for heavily compressed or lim-
ited signals.

Pro Compressor Side-Chain
Processing

Dynamics processors typically use the detected
amplitude of their input signal to trigger gain re-
duction. Thisis known as a side-chain signal. Pro
Compressor providesfiltersfor side-chain process-
ing and supports external key side-chain capabili-
ties.
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With external key side-chain processing, you can
trigger dynamics processing using an external sig-
nal (such as a separate reference track or audio
source) instead of the input signal. This external
source is known as the key input.

With side-chain filters, you can make dynamics
processing more or less sensitive to certain fre-
quencies. For example, you might configure the
side-chain so that certain lower frequencies on a
drum track trigger dynamics processing.

SIDECHAIN SOURCE:

Int-SterecPairs v

FREQ: 200Hz =/ 0: 502 +~ | = | v @

20Hz 50 100 Tk 510 20k

Side-Chain section

Source

The Source selector letsyou set the source for side-
chain processing: Int-Stereo Pairs, Ext-All (W/LFE),
Int All (no LFE), or Int-Front/Rear.

Int-SterecPairs ML

SIDECHAIN SOURCE:
- [ Int-SterecPairs~. | -,
Ext-All (w/LFE)
Int-All {no LFE) 10 20k

FREQ: 20.0 Hz

I0Hz 50 100

Int-Front/Rear

Selecting the Source for side-chain processing

Internal Source—Stereo Pairs

When Int-StereoPairs is selected, the plug-in uses
the amplitude of the input signal to trigger dynam-
ics processing based on stereo input. With greater-
than-stereo multichannel processing, the input sig-
nal for each stereo pair affects only those same
channels, and likewise mono channels are affected
only by their own input signal. For example, with
an LCR multichannel format, the processing for the
Center channel is only triggered when the Center
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channel input signal reaches the threshold. How-
ever, whentheinput signal reachesthethreshold on
the Left or the Right channel, processing istrig-
gered for both the Left and the Right channel.

External All (with LFE)

When Ext-All (W/LFE) is selected, the plug-in uses
the amplitude of a separate referencetrack or exter-
nal audio source to trigger dynamics processing.
The reference track used is selected using the
Plug-In Key Input selector in the Plug-1n window
header. With greater-than-stereo multichannel pro-
cessing, the key signal triggers dynamics process-
ing for all processed audio channels equally.

£ )
4

-

100.0us

v

SIDECHAIN SOURCE

Int-SterecPairs

FREQ: 20.0 Hz Wl v Int-StereoPairs

20 50 100 Int-All (no LFE) s

Int-Front/Rear

Selecting the Source for side-chain processing

Internal-All (No LFE)

When Int-All (no LFE) is selected, dynamics pro-
cessing is applied equally to al channels when the
input signal reaches the threshold on any input
channel, except for the LFE channel (if present).
The LFE channel is processed independently based
on itsown input signal.
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Internal Front/Rear

For LCRS or greater channel formats, when Int
Front/Rear is selected, dynamics processing is ap-
plied based on front channel inputs (LCR) and sur-
round channel inputs (S) independently. For .1 for-
mats, the LFE channel is processed independently
based on its own input signal.

Side-Chain Listen Mode

Listen mode lets you hear the input signal for the
side-chain to the compressor. This can beeither the
external key input or the internal side-chain (in-
cluding the applied filter).

To enable (or disable) Listen mode on the side-

chain:

= Click the Listen button in the top-right corner of
the Side-Chain section so that it is highlighted.
Theicon flashes while Side-Chain Listen mode
is enabled. To disableit, click the button again
so that it is not highlighted.

v.'

50+ @ ~ || |68

SIDECHAIN SOURCE: Int-SterecPairs
FREQ: 20.0Hz = O:

20Hz 50 100 Tk 5 0 20k

Side-Chain Listen mode enabled

A Attenuation Listen and Sde-Chain Listen
can be enabled simultaneously, in which
case Attenuation Listen is audible but
Sde-Chain Listen is not.
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Side-Chain Filter On/Off

Y ou can use the side-chain input with or without
filtering by enabling or disabling the Side-Chain
Filter On/Off button.

To enable (or disable) filtering on the Side-Chain:

= Click the Side-Chain Filter On/Off button onthe
right side of the Side-Chain section so that it is
highlighted. To disableit, click the button again
so that it is not highlighted.

SIDECHAIN SOURCE: Int-SterecPairs v

FRED: 200Hz 2 [0 502 7 | = | | v | ) T

20Hz 50 100

Side-Chain Filter enabled

Side-Chain Filter

The side-chain-filter applies only to the side-chain
signal feeding the Pro Compressor detection algo-
rithm. Compression istriggered only when the sig-
nal exceedsthe Threshold setting at the frequencies
passing through the side-chain filter.

Q Note that the side-chain filter does not apply
" filtering to the compressed signal. Compres-
sion isapplied to all frequencies of the input
signal when compression istriggered by the
side-chain.

Filter Frequency

The Freq control lets you set the center frequency
for the selected Filter Type (from 20 Hz to
21.0 kHz).
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Filter Q

When the Filter Typeis set to Band Pass or Notch,
the Q control isavailable. The Q control changes
the width of the filter around the center frequency
band. Higher Q values represent narrower band-
widths. Lower Q values represent wider band-
widths.

Filter Type

Four Filter Type optionsareavailablefor side-chain
processing:

Low Pass Select the Low Pass option to apply a
low pass filter to the side-chain processing at the
selected frequency.

High Pass Select the High Pass option to apply a
high pass filter to the side-chain processing at the
selected frequency.

Notch Select the Notch option to apply a notch
filter to the side-chain processing at the selected
frequency.

Band Pass Select the Band Pass option to apply a
band pass filter to the side-chain processing at the
selected frequency.

Side-Chain Processing Graph

The Side-Chain Processing Graph display shows
the frequency curve for the selected Filter Type at
the selected Filter Frequency.
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Chapter 19: Pro Expander

Avid Pro Expander isavailablein DSP, Native, and
AudioSuite formats. Pro Expander provides dy-
namic expansion and gating processing. The Avid
Pro Expander processing algorithms are based on
the award-winning Euphonix System 5 console
channel strip effects.

Pro Expander supports 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

Pro Expander supports mono, stereo, and greater-
than-stereo multichannel formats up to 7.1.

A\ Creater-than-stereo formats are only
available with Pro Tools HD.

Pro Expander
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In addition to standard knob and fader controls, Pro
Expander aso provides a dynamics graph to track
the gain transfer curve for dynamic expansion and
gating, aswell as afrequency graph for side-chain
filtering. Additionally, the dynamics graph can be
used to graphically edit the Threshold, Ratio, Knee,
and Depth settings.

Pro Expander Metering

Pro Expander provides combined metersthat show
both sample peak metering and averaged metering.
Pro Expander uses sample peak meters over aver-
age metering for Input and Output signals. Attenu-
ation metering uses sample peak metering only.

The Peak Hold value is displayed numerically at
thetop of the meter and the Peak Hold indicator ap-
pears as athin orange line in the meter. This pro-
vides highly accurate visual metering correlation
with the audio signal. Pro Expander also displays
averaging metering with an integration time of ap-
proximately 400 ms.

Input and Output meters use the following color
coding:

Dark Blue Indicatesnominal levelsfrom—90 dB to
—20dB.

Light Blue Indicates pre-clipping levels, from
—20dB to 0 dB.

Yellow Indicates full scale levelsfrom 0 dB to
+6 dB.
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Attenuation meters show dark blue for the entire
dynamic range displayed.

Peak Indicators

The Input and Output meters provide graphical rep-
resentation of transient peaks, as well as graphical
and numerical display of the last, greatest regis-
tered peak. The Attenuation meter provides similar
graphical and numeric representations for the
amount of compression.

The numerical display for the Peak value turns
orangewhen thesignal exceeds0 dB onthe meters.
Y ou can click the numerical display to reset the dis-
played value.

OUTPUTER
03 Peak Hold value

Peak Hold indicator

Sample Peak indicator

Average meter

Peak indicators in the Output meters
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Pro Expander Input Section

The Input section providesinput metering and con-
trols for adjusting the level of the input signal.

INFUT

i

£+

Input section with Meters and Input Level control

Input Level

The Input Level control sets the input gain of the
plug-in before processing, letting you boost or at-
tenuate gain at the plug-in input stage.

To adjust the level of the input signal, do one of the
following:

= Clickinthelnput Level field and type avalue
(-36.0dB to +36.0 dB).

= Click the Input Level control and drag up or
down to adjust the Input Level setting.

Input Meters

The Input meters show peak signal levels before
processing.
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Pro Expander Output Section

The Output section provides output metering and
controlsfor adjusting thelevel of the output signal.
The Output meters can also be toggled to show
post-processing gain attenuation meters.

CUTPUT &

Output section with Meters and Output Level control

Output Level

The Output Level control setsthe output level after
processing, letting you boost or attenuate gain on
the channel where the Pro Expander plug-in is
being used.

To adjust the output level, do one of the following:

= Click inthe Output Level field to type avalue
(-INF dB to +12 dB).

= Click the Output VVolume control and drag up or
down to adjust the Output Volume setting.

Output Meters

The Output meters show peak signal levels after
processing.
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Attenuation Meters

The Output meter can be switched to show Attenu-
ation metering for the processed signal from 0 dB
to—36 dB.

To toggle between the Attenuation and Output
meters:

= Click the Output/Attenuation toggle in the top
right-hand corner of the Output section.

Output/Attenuation toggle, Attenuation meters shown

Pro Expander Dynamics
Graph

The Dynamics Graph display shows a curve that
represents the level of the input signal (on the hor-
izontal x—axis) and the amount of processing ap-
plied (on the vertical y—axis). The display shows a
vertical line representing the Threshold setting for
the Expander.
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Threshold
Dynamics graph display

The Dynamics Graph display also features an ani-
mated red ball in the gain transfer curve display.
This ball shows the amount of input gain (x-axis)
and gain reduction (y-axis) being applied to the in-
coming signal at any given moment. To indicate
overshoots (when an incoming signal peak istoo
fast for the current compression setting), the ball
temporarily leaves the gain transfer curve.

Use this graph as avisual guideline to see how
much dynamics processing you are applying to the
incoming audio signal.

Using the Dynamics Graph to
Adjust Controls

Y ou can drag in the Dynamics Graph display to
adjust the corresponding Expander controls. The
cursor updates to show which control is being
adjusted:

* Threshold
* Ratio
* Knee
* Depth
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To adjust the Threshold setting using the

Dynamics graph:

= Position the cursor over the vertical Threshold
linein the graph and drag left or right to make
the adjustment.

SMART ~ RMS  AVG  PEAK  FAST
s | s i} s
(]

Cursor indicates Threshold adjustment

To adjust the Ratio setting using the Dynamics

graph:

= Position the cursor over theratio curvein the
graph and drag up or down (or left or right) to
make the adjustment.

SMART  RMS AV PEAC  FAST  DUCK
———— | | |

Cursor indicates Ratio adjustment
To adjust the Knee setting using the Dynamics

graph:

= Position the cursor over the “knee” of the curve
in the graph and drag up or down (or left or
right) to make the adjustment.

Cursor indicates Knee adjustment
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To adjust the Depth setting using the Dynamics
graph:

= Position the cursor over the horizontal Depth
linein the graph and drag up or down (or left or
right) to make the adjustment.

SMART  RMS

MG PEAK  FAST  DUCK L

Cursor indicates Depth adjustment

Detection Modes

Pro Expander provides several different detection
optionsfor determining how the expander responds
totheinput signal.

To change the detection mode for the expander:

= Click adetection mode from the options avail-
able above the Dynamics graph.

RMS NG PEAK  FAST  DUCK

Detection mode options, Smart mode selected

Detection options include the following:

Smart Select the Smart option for tracks with di-
verse input signals, or if you are simply not sure
what detector works best with the given audio ma-
teria. The Smart option analyzes theincoming sig-
nal and switches between the different detection
modes as needed.

RMS Select the RMS option to apply processing ac-
cording to the detected RM S (Root Mean Square)
amplitude of the input signal. The RMS optionis
similar to the Average option, but with afaster re-
lease time.
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Average Select the Average option to apply pro-
cessing according to the detected average ampli-
tude of the input signal.

Peak Select the Peak option to apply processing
according to the detected peak amplitude of the
input signal.

Fast Select the Fast option for trackswith high and
short transient signals, such as a snare drum track.
The Fast optionis similar to the Peak option, but
with faster attack and release times. However, be
careful when using the Fast option asit distorts ear-
lier than the other options. Be sure to configure the
other compressor settings with thisin mind.

Duck Select the Duck option to use Pro Expander
asaducker. In order to use Pro Limiter asaducker,
set up an external key input side-chain bussed from
another track. When the Duck optionisenabled, the
incoming signa is attenuated when the side-chain
input crosses the Threshold setting. For the most
predictable results, set Ratio to GATE. Usethe
Depth control to adjust the amount of ducking ap-
plied to theinput signal. Dialog or voice-over is
most commonly used as an external key input to
duck (attenuate) the program materia (typically
music) on thetrack where Pro Expander isinserted.

(¥ Asageneral rule, when ducking programma-
terial with dialog or voice-over, set the Attack
and Release controlsin a range of 300 to 500
milliseconds.

A\ When Duckiis enabled, the Upward option is
automatically disabled.
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Attenuation Listen Mode

Attenuation Listen mode lets you isolate the pro-
cessed part of the audio signal. This can help you
hear what parts of theinput signal aretriggering ex-
pansion or gating, which, in turn, can help you bet-
ter understand the characteristics of the current set-
tings of the expander/gate.

To enable (or disable) Attenuation Listen mode:

= Click the Attenuation Listen button (the speaker
icon at the top right of the dynamics graph) so
that it is highlighted. The button flashes while
Attenuation Listen mode is enabled. To disable
it, click the button again so that it is not high-
lighted.

SMART  RMS  AVE  PEAK  RAST  DUCK

|?|I{?|\--i

Attenuation Listen mode enabled
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Pro Expander Controls

Threshold

The Threshold control sets the level below which
aninput signal must fall to trigger expansion or gat-
ing. Signalsthat fall below the threshold will bere-
duced in gain. Signalsthat are above it will be un-
affected.

The Dynamics Graph display shows the threshold
asavertical line.

Ratio

TheRatio control setsthe amount of expansion. For
example, if thisissetto 2:1, it will lower signalsbe-
low the threshold by one half. At higher ratio lev-
els, Pro Expander functions like a gate by cutting
off signalsthat fall below the threshold. Asyou ad-
just the ratio control, refer to the Dynamics Graph
display to see how the shape of the expansion curve
changes.

Upward

The Upward button enables Upward Expansion
mode. When Upward Expansion mode is enabled,
Pro Expander amplifies signals above the Thresh-
old. When it is disabled, the signal is attenuated
when the signal falls below threshold.

To enable (or disable) Upward Expansion mode:

= Click the Upward button so that it is highlighted.
To disable it, click the button again so that it is
not highlighted.

Knee

The Knee control setsthe rate at which the proces-
sor reaches full expansion or gating effect once the
threshold has been exceeded.
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Attack

The Attack control setsthe attack time, or therate at
which gainisreduced after theinput signal crosses
the threshold. Use this along with the Ratio setting
to control how soft Pro Expander’s gain

reduction curveis.

Release

The Release control sets how long it takes for the
expansion to close or the gate to open after thein-
put signal falls below the Threshold level and the
Hold time has passed.

Depth

The Depth control sets the depth of the processing
(expansion or gating) when closed. Setting the pro-
cessing to higher Depth levels allows more audio
that falls below the threshold to remain audible.

Hold

The Hold control specifiesthe duration (in seconds
or milliseconds) during which Pro Expander stays
in effect after the initial attack occurs. This can
keep processing in effect for longer periods of time
with asingle crossing of the threshold. It can also
be used to prevent gate chatter that may occur if
varying input levels near the threshold cause the
gate to close and open very rapidly.

Hysteresis

The Hysteresis control lets you adjust whether or
not the gate rapidly opens and closes when the in-
put signal fluctuates near the Threshold. This can
help prevent undesirably rapid gating of the signal.
This control is only available when Ratio is set to
Gate.
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Dry Mix

The Dry Mix control sets the balance between the
processed signal (wet) and the original signal (dry).
The Dry Mix setting determines how much of the
original signal is sent to the output rather than the
processed signal. For example, at 30%, the output
will be 30% dry and 70% wet. Turn the Dry Mix
knob counterclockwise to 0% to pass only the pro-
cessed signal (100% wet). Turn the Dry Mix knob
clockwise to 100% to pass only the input signal
(100% dry).

Lookahead

The Lookahead control lets you add a certain
amount of delay in milliseconds for analyzing in-
coming audio. All attack transients take a certain
amount of time from the onset of the signal to the
actual transient peak (especially those with lower
frequencies, like akick drum). Adjust the Looka-
head time to ensure that processing with an Attack
setting of O (or at least very short) can be accurate
to the true attack time of transientsin the signal.

Notethat as soon asLookahead isengaged, thefull
amount of delay timeis added to the Pro Expander
plug-in processing latency. When Lookahead is set
to Off, no additional latency isincurred.

You can compensate for plug-in processing
delay using Automatic Delay Compensation
in Pro Tools. For more information, see the
Pro Tools Reference Guide.
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Pro Expander Side-Chain
Processing

Dynamics processors typically use the detected
amplitude of their input signal to trigger gain re-
duction. Thisisknown as aside-chain signal. Pro
Expander providesfiltersfor side-chain processing
and supports external key side-chain capabilities.

With external key side-chain processing, you can
trigger dynamics processing using an external sig-
nal (such as a separate reference track or audio
source) instead of theinput signal. This external
source is known as the key input.

With side-chain filters, you can make dynamics
processing more or less sensitive to certain fre-
guencies. For example, you might configure the
side-chain so that certain lower frequencieson a
drum track trigger dynamics processing.

Int-SterecPairs MR

SIDECHAIN SOURCE:

FEl: 200Hz 2 0: 5002 &~ =~ n v @

20Hz 50 100 1k 510 20k

Side-Chain section

Source

The Source selector letsyou set the sourcefor side-
chain processing: Int-Stereo Pairs, Ext-All (W/LFE),
Int All (no LFE), or Int-Front/Rear.

Int-SterecPairs ML

SIDECHAIN

FREQ: 20.0Hz % Q: w | B

Ext-All (w/LFE)
20Hz 50 100 Int-All (no LFE) 0 20k

Int-Front/Rear

Selecting the Source for side-chain processing
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Internal Source—Stereo Pairs

When Int-StereoPairs is selected, processing is
triggered for both the Left and Right channel when
the input signal reaches the threshold on either the
Left or the Right channel. With greater-than-stereo
multichannel processing, the input signal for each
stereo pair affects only those same channels, and
likewise mono channels are affected only by their
own input signal. For example, with an LCR multi-
channel format, the processing for the Center chan-
nel isonly triggered when the Center channel input
signal reaches the threshold. However, when the
input signal reachesthe threshold on the L eft or the
Right channel, processing is triggered for both the
Left and the Right channel.

External All (with LFE)

When Ext-All (W/LFE) is selected, the plug-in uses
the amplitude of a separate reference track or exter-
nal audio source to trigger dynamics processing.
Dynamics processing is applied equally to al chan-
nelswhen the input signal reachesthe threshold on
any input channel. With greater-than-stereo multi-
channel processing, the key signal triggers dynam-
ics processing for all processed audio channels
equally.
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The reference track used for side-chain processing
is selected using the Plug-1n Key Input selector in
the Plug-In window header.

SMART RMS VG PEAK  FAST
e e e et B et |

T

SIDECHAIN Ext-All (W/LFE)
FREQ: 20.0 Hz % 500 @ -~ | n

20Hz 50 100 Tk

Configuring a key input for side-chain processing
Internal-All (No LFE)

When Int-All (no LFE) is selected, dynamics pro-
cessing is applied equally to al channels when the
input signal reaches the threshold on any input
channel, except for the LFE channel (if present).
The LFE channel is processed independently based
on itsown input signal.

Internal Front/Rear

For LCRS or greater channel formats, when
Int-Front/Rear is selected, dynamics processing is
applied based on front channel inputs (LCR) and
surround channel inputs (S) independently. For
“.1” formats, the LFE channel is processed inde-
pendently based on its own input signal.

Chapter 19: Pro Expander

Side-Chain Listen Mode

Listen mode lets you hear the input signal for the
side-chain to the compressor. Thiscan beeither the
external key input or the internal side-chain (in-
cluding the applied filter).

To enable (or disable) Listen mode on the side-
chain:

= Click the Listen button in thetop-right corner of
the Side-Chain section so that it is highlighted.
To disableit, click the button again so that it is
not highlighted.

v,'

FRE): 200Hz 2|(0: 500 | | ~ | n | v | 8D

SIDECHAIN

Int-SterecPairs

20Hz 50 100 1k 510 20k

Side-Chain Listen mode enabled

A\ Attenuation Listen and Sde-Chain Listencan
be enabled simultaneously, in which case At-
tenuation Listen is audible but Sde-Chain
Listenisnot.
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Side-Chain Filter On/Off

Y ou can use the Side-Chain input with or without
filtering by enabling or disabling the Side-Chain
Filter On/Off button.

To enable (or disable) filtering on the side-chain:

= Click the Side-Chain Filter On/Off button onthe
right side of the Side-Chain section so that it is
highlighted. To disableit, click the button again
so that it is not highlighted.

Int-SterecPairs MR

00| | || | B R

SIDECHAIN
FREQ: 20.0 Hz %

20Hz 50 100

Side-Chain Filter enabled

Side-Chain Filter

Filter Frequency

The Freq control lets you set the center frequency
for the selected Filter Type (from 20 Hz to
21.0kHz).

Filter Q

When the Filter Typeis set to Band Pass or Notch,
the Q control is available. The Q control changes
the width of the filter around the center frequency
band. Higher Q values represent narrower band-
widths. Lower Q values represent wider band-
widths.
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Filter Type

Four Filter Type optionsareavailablefor side-chain
processing:

Low Pass Select the Low Pass option to apply a
low pass filter to the side-chain processing at the
selected frequency.

High Pass Select the High Pass option to apply a
high pass filter to the side-chain processing at the
selected frequency.

Notch Select the Notch option to apply a notch fil-
ter to the side-chain processing at the selected fre-
quency.

Band Pass Select the Band Pass option to apply a
band pass filter to the side-chain processing at the
selected frequency.

Side-Chain Processing Graph

The Side-Chain Processing Graph display shows
the frequency curve for the selected Filter Type at
the selected Filter Frequency.

116



Chapter 20: Pro Limiter

Avid Pro Limiter isavailablein DSP, Native, and
AudioSuite formats. Pro Limiter provides true
peak limiting. Pro Limiter limitsincoming audio to
the True Peak of the signal, to prevent inter-sample
peaks that could introduce distortion during encod-
ing or analog conversion.

Pro Limiter complies with the ITU-R BS.1770-3
loudness metering standard, including True Peak,
Integrated Loudness, and Loudness Range mea-
surements, and is suitable for both EBU R128 and
ATSC A/85 (CALM Act) broadcast workflows.
Pro Limiter & so provides aunigque Character knob
that lets you add soft saturation for more loudness
and greater gain reduction, without the unwanted
digital artifacts of standard brick wall limiters.

Use Pro Limiter to ensure that your mix output
never exceedsdigital 0 dB when hitting the digital-
to-analog converters on your audio interface.

Pro Limiter supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

Pro Limiter supports mono, stereo, and greater-
than-stereo multichannel formats up to 7.1.

Greater-than-stereo formats are only
available with Pro Tools HD.
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Pro Limiter
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Pro Limiter Metering

Pro Limiter uses sample peak metersfor Input and
Output signals.

The Peak Hold value is displayed numerically at
the top of the meter and the Peak Hold indicator ap-
pears as athin orange line in the meter. This pro-
vides highly accurate visual metering correlation
with the audio signal.

Input and Output meters use the following color
coding:

Dark Blue Indicatesnominal levelsfrom—90 dB to
—20dB.

Light Blue Indicates pre-clipping levels, from
—20 dB to O dB.

Yellow Indicates full scale levels from 0 dB to
+6 dB.

Gain Reduction meters are orange for the entire dy-
namic range displayed.
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Pro Limiter Input Section

The Input section providesinput metering and con-
trols for adjusting the level of the input signal and
the display of the Input meters.

Dim Input Meter Gain Reduction
Peak Hold display

T

Input Sample W INeuT
Peak Hold —pu {8
display

Threshold —j- S
control

0

15 I
n l lll.
Er = = -

Input
Trim

Input section with Meters

Input Trim

The Input Trim control sets the input gain of the
plug-in before processing, letting you boost or at-
tenuate gain at the plug-in input stage.

To trim the level of the input signal, do one of the
following:

= Click inthe Input Level field to type avaue
(-30.0 dB to +30.0 dB).

= Click the Input Trim control and drag up or
down to adjust the Input Trim setting.
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Dim Input Meter Toggle

Pro Limiter providesaDim Input Meter option that
dims the input meters while highlighting the atten-
uation meters. Thisletsyou visually focus more on
the gain reduction applied rather than on theincom-
ing signal levels.

To toggle the Dim Input Meter option on or off:

= Click the Dim Input Meter toggle in the upper-
left corner of the Input section.

Input and Gain Reduction Peak
Hold Displays

Pro Limiter displays the Input Sample Peak Hold
value (in dB) at the upper left corner of the Input
metersand the Gain Reduction Peak Hold value (in
dB) at the upper right corner of the Input meters.

Input Sample Peak Hold Display Shows the last
greatest sample peak value from the input signal
(on any channel).

Gain Reduction Peak Hold Display Showsthelast
greatest attenuation value applied to the input
signal.

To reset either the Input or Gain Reduction Peak
Hold display value:
= Click the display value you want to reset.

Input Meters

The Input meters show peak signal levels before
processing. The Input meter scaling is shown on
the left side of the Input meters (from —90 dB to
+6 dB).
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Gain Reduction Meters

The Gain Reduction metersareinterleaved with the
Input meters. Gain Reduction meters show the
amount of gain reduction applied to the Input sig-
nal. The gain reduction amount varies depending
on the level of the Input signal, as well asthe
Threshold and Character settings.

The Gain Reduction meter scaling is shown on the
right side of the Input meters (from 0 dB to
—-36 dB).

To better see the Gain Reduction meters, you can
dim the Input meters (see “Dim Input Meter Tog-
gle” on page 119).

Dim Input  ——p JRANEER
Meter toggle o

Gain Reduction
meters

g Input meters
dimmed

Gain Reduction meters shown with Input meters
dimmed
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Pro Limiter Output Section

The Output section provides output metering and
controlsfor adjusting thelevel of the output signal.

QUTPUT

Output Sample
Peak Hold display

"B Output Ceiling
control

Illlllz

15
20
11111 E]

Ehi<€——— Output Ceiling

Output section with Meters

Output Meters

The Output meters show peak signal levels after
processing. The Output meter scaleisshown onthe
right side of the Output meters (from —90 dB to
+6 dB).

Output Sample Peak Hold
Display

Pro Limiter provides a numerical display for the
output sample peak hold value (in dB) above the
output meters. To reset the value, click it.
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Pro Limiter Controls

Pro Limiter provides controls for setting the
Threshold, Ceiling, Character (soft-saturation
limiting), and Release time.

Threshold

The Threshold control setsthelevel aninput signal
must exceed to trigger limiting. Signalsthat fall be-
low the Threshold setting are unaffected.

To adjust the input threshold, do one of the
following:

= Click inthe Threshold field to type avalue
(-30dB to 0 dB).

= Click the Threshold control and drag up or
down.

= Click the Threshold control on the Input meters
and drag up or down.

Ceiling

The Ceiling control sets the maximum output level
of the audio signal from-30to 0 dBTP (dB relative
to full scale, measured as a true-peak value).

To adjust the output ceiling, do one of the

following:

= Click inthe Ceiling field (either below the Ceil-
ing control or below the Output meters) to typea
value between -30 to 0 dBTP.

= Click the Ceiling control and drag up or down.

= Click the Output Ceiling control on the Output
meters and drag up or down.

Q Shift-click and drag either the Ceiling control
or the Threshold control to link both controls
and adjust them to match the same value.
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Character

The Character control adds soft-saturation process-
ing with no additional gain before applying limit-
ing.

Release

The Release control setsthe length of timeit takes
to cease limiting after the input signal crosses the
threshold.

Release times should be set long enough that if sig-
nal levels repeatedly rise above the threshold, the
gain reduction “recovers’ smoothly. If the release
timeistoo short, the gain can rapidly fluctuate as
thelimiter repeatedly triesto recover fromthegain
reduction. If thereleasetimeistoo long, aloud sec-
tion of the audio material could cause gain
reduction that continues through soft sections of
program material without recovering.

When the Auto Release option is enabled, the Re-
lease control is overridden and the Release value

display is grayed out.

Channel Linking

Pro Limiter provides four different options for de-
termining how limiting processing is applied to
greater-than-stereo multi-channel formats.

Stereo Pairs When selected, limiting is only ap-
plied to the Left and Right stereo pairs only when
either the L eft or Right incoming signal exceedsthe
Threshold setting. Similarly, limiting is only ap-
plied to the Left Surround and Right Surround ste-
reo pairs only when either the Left Surround or
Right Surround incoming signal exceeds the
Threshold setting. The processing of the Center
channel (if present) isapplied separately only when
the incoming signal on for the Center channel ex-
ceeds the Threshold setting.

Chapter 20: Pro Limiter

All (w/LFE) When selected, limitingisappliedto all
incoming channels whenever any channel
exceeds the Threshold setting.

All (no LFE) When selected, limiting is applied to
al incoming channels whenever any channel,
except the LFE channel, exceedsthe Threshold set-
ting.

Front/Back When selected, limitingisonly applied
to the Left, Center (if present), and Right channels
only when the incoming signal on any front chan-
nel input exceedsthe Threshold setting. Limitingis
only applied to the Surround channels only when
the incoming signal on any surround (or back)
channel) exceeds the Threshold setting.

Q Insert a multi-mono instance of Pro Limiter to
" ensure no linking between channels. Each
channel will trigger its own processing inde-
pendently of the other channels.

Auto Release

When Auto Release is enabled, Pro Limiter over-
ridesthe Release setting and automatically adjusts
thelimiter release time based on changesin the pro-
gram material. When the Auto Release toggleis
disabled, you can set the limiter release time man-
ually using the Release control.

Listen

Enable Listen to isolate the processed part of the
audio signal. This can help you hear what parts of
the input signal are triggering limiting, which, in
turn, can help you better understand the character-
istics of the current Threshold, Character, and
Release settings.
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Pro Limiter Loudness
Numeric Displays

Pro Limiter provides numeric displays that show
the current loudness or peak level of the processed
signal. Note that Pro Limiter conformsto the
ITU-R BS.1770-3 standard for loudness metering.
The numeric loudness values generated by

Pro Limiter can be used for both EBU R128 and
ATSC A/85 CALM Act loudness compliance.

Integrated Displays the current integrated level of
the processed signal level in LUFS.

Range Displays the range of the processed signal
level over timein LU.

True Peak Displaysthe true peak hold value of the
Output signal in dB.

Short Term Displays the short term output signal
level in LUFS.

About LUFS, LU, and dB

LUFS (Loudness Unit, Referenced to Full Scale) is
aunit of measurement that expresses loudness lev-
els on an absolute scale. LU (Loudness Unit) isa
unit of measurement for differences between loud-
nesslevels(loudnesslevelson arelative scale). For
example, program material that has aloudness
level of 23 LUFSwill be 2 LU quieter than pro-
gram materia that has aloudnesslevel —21 LUFS.
LU can aso be used asthe unitsfor loudnesslevels
relativetothetarget level. Notethat since K-weight-
ing has been adopted as the standard for loudness
units, LUFSisequivaent with LKFSin

Pro Limiter.

Decibels (dB) are an expression of theratio of two
levels: the level to be described (or measured) and
areference level. Letters after dB (such as dBm)
signify the reference level. For example, dBmis
referenced to 1 milliwatt, whereas dBu is refer-
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encesto 0.775Vrms. LUFS is ameasurement on a
decibel scaleand isrelative to theloudnesslevel of
astereo (front left and front right) 1 kHz tone peak-
ing at 0 dBFS (0 decibels at full scale).

Pro Limiter Histogram and
Loudness Meters

Time Auto Analysis
elapsed Reset Run Analysis

00:04:13 RESET | AUTO

Histogram Momentary
Loudness
K-Meter

M S | meters

Pro Limiter Histogram and Loudness meters

Histogram

Pro Limiter provides a histogram that shows a
graphic representation of loudnessover timewithin
awindow of 60 seconds. The graph displays True
Peak levels as ayellow line and the range of loud-
ness over time as a blue shadow around the peak
level line.

Time Elapsed Displaysthe amount of time elapsed
since the current analysis pass started in hours,
minutes, and seconds (00:00:00).

Reset Analysis Click the Reset button to reset the
analysis.
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Auto Analysis When Auto is enabled, Pro Limiter
automatically pauses the analysis pass when the
Pro Toolstransport is stopped. This means that the
drop in levels will not be reported with the Inte-
grated and Range values. Notethat it may be useful
to disable Auto if you want to include alive audio
signal being monitored through Pro Tools while
the transport is stopped.

Run Analysis Click theRun Analysis(Play) button
toenable(lit) or disable (unlit) analysisreportingin
the histogram while the Pro Tools transport is
stopped. Pro Limiter runs the analysis when the
Pro Tools transport is running regardl ess of
whether or not the Run Analysis option is enabled.
Note that when the Auto analysisoption isenabled,
the Run Analysis option is overridden.

Loudness Meters

The Loudness meters to the right of the histogram
show the level of the summed output of Pro Lim-
iter. The meters range from 0 LUFS down to

—50 dB LUFS. —23 LUFS is acommon standard
loudness reference level.

Momentary Loudness Provides adisplay of the
loudness range (as in the histogram). The current
peak level is shown as ayellow line using
K-weighted metering.

Momentary Loudness Meter (M) Graphically dis-
plays the current true peak level.

Short Term Loudness Meter (S) Graphically dis-
plays the current short term output level.

Integrated Loudness (1) Graphically displaysthe
current integrated level of the processed signal us-
ing K-weighted metering.

Q K-weighted metering implements a filter
" curvethat modelsthe human ear's perception
of loudness. Itisanintegral part of the I TU-R

BS.1770 standard for loudness metering.
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Adjusting the Loudness Meters View

The Loudness meters show arange of 27 LUFS.
The default view shows from —14 to 41 LUFS.
Drag up or down in the histogram to adjust the
viewed range for loudness metering from 0 LUFS
on the upper end down to —50 LUFS on the lower
end.

AudioSuite Processing with
Pro Limiter

When used as an AudioSuite plug-in, Pro Limiter
does not provide real-time analysis datain the his-
togram or the loudness meter. Once you have ren-
dered the audio selection with Pro Limiter process-
ing, Pro Limiter loudness reporting updates to
display the results of the processing.

Pro Limiter AudioSuite plug-in
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AudioSuite Processing with
Pro Limiter Loudness
Analyzer

Use the Pro Limiter Loudness Analyzer to check
loudness levels before rendering Pro Limiter pro-
cessing if you need to read the current loudness
measurements of your program material.

To analyze audio using the Pro Limiter Loudness
Analyzer:
1 Make an audio selection in the Edit window.

2 Choose AudioSuite > Other > Pro Limiter
Loudness Analyzer.

3 Click Analyze.

The Loudness numerical displays update to show
the analyzed values (for information on the L oud-
ness numerical displays, see “Pro Limiter Loud-
ness Numeric Displays’ on page 122).

Pro Limiter Loudness Analyzer AudioSuite plug-in

Q With the Pro Limiter Loudness Analyzer, the
~  Preview and Render buttons do not do any-
thing useful. They aresimply present aspart of
the AudioSuite plug-in framework.
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Chapter 21: Pro Multiband Dynamics

Avid Pro Multiband Dynamicsisan AAX plug-in (DSP, Native, and AudioSuite) that provides 4-band dy-
namics processing for Pro Tools systems, along with monitoring across all frequenciesin the FFT (Fast
Fourier Transform) display. Y ou can control Pro Multiband Dynamics parameters using graphic controls
laid over the FFT display for immediate visua feedback. Y ou can also edit parameters using knobs, sliders,
and numeric entry fields in each Frequency Band pane.

Pro Multiband Dynamics supports 44.1 kHz, 48 kHz, 88.2 kHz, 96 kHz, 176.4 kHz, and 192 kHz
sample rates.

Pro Multiband Dynamics al so supports mono, stereo, and greater-than-stereo multichannel formats up
to7.1.

A\ Creater-than-stereo formats are only available with Pro Tools | HD Software.

Pro Multiband Dynamics plug-in

Chapter 21: Pro Multiband Dynamics 125



FFT Display and Controls

Pro Multiband Dynamics splits the incoming audio signal into up to four separate Frequency Bands: Low,
Low Mid, High Mid, and High. Each Frequency Band can be processed independently. Additionally, each
Frequency Band can be routed to the channel inputs of other tracks (see* Pro Multiband Dynamics and Mul-
tiband Splitter Plug-In Sends” on page 135). Pro Multiband Dynamics uses an 8th-order Linkwitz-Riley
crossover network in order to split the audio signal into up to four separate Frequency Bands, ensuring that
the output signal can be perfectly reconstructed.

Gain control Depth control ~ Threshold control

Dynamics
Processing
Scale

Magnitude
Range

Frequenc :
Crossover Frequency control quency FFT display

FFT display and controls

The FFT display plots the real-time magnitude of the audio signal (y-axis) versus frequency (x-axis). The
frequency range is marked from 20 Hz to 20 kHz along the bottom of the display. The magnitude range,
marked on the right of the display, shows the real-time magnitude of the signal in dB. Gain processing (re-
duction or expansion) is shown on the display as apurplefill. The height of the fill corresponds to the
amount of dynamics processing that is being applied to that band's signal.

Use the dynamics processing scale, marked on the left of the display, to measure the adjustment of Gain,
Depth, and Threshold controls. (See “Band Pane Controls and Indicators’ on page 130 for detailed infor-
mation on these controls.)
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To adjust the Gain control for a Frequency Band,
do one of the following:

= Click the Gain dlider and drag it left or right.

= Click the Gain label, type avalue, and press
Enter.

= Click the red square Gain control icon on the
FFT display and drag it up or down.

Adjusting the Gain control

To adjust the Depth control for a Frequency Band,
do one of the following:

= Click the Depth knob and drag it |eft or right, or
up or down.

= Click the Depth numeric entry field, typea
value, and press Enter.

= Click the purple triangle Depth control icon on
the FFT display and drag it up or down.

Adjusting the Depth control
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To adjust the Threshold control for a Frequency
Band, do one of the following:

= Click the Threshold knob and drag it left or
right, or up or down.

= Click the Threshold humeric entry field, typea
value, and press Enter.

= Click the Threshold control to the left of the
Band meter and drag it up or down.

= Click the blue circle Threshold control icon on
the FFT display and drag it up or down.

Adjusting the Threshold control

Crossover Frequency Controls

Use the Crossover Frequency controls (up to three
are available depending on how many of the four
possible frequency bands are enabled) to set the
frequency split between bands.

To adjust the frequency split between adjacent
bands, do one of the following:

= Dragthe Crossover Frequency control to the | eft
or right.

= Click the Crossover Freguency numeric entry
field, type avalue, and press Enter.

4=t
700 Hz

Adjusting Crossover Frequency control
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FFT Display Options

Pro Multiband Dynamics lets you choose to show

the Input signal (pre-processing) or the Output sig-
nal (post-processing) inthe FFT display. Italsolets
you show or hide the Gain and Threshold controls
in the FFT display, aswell as hide the FFT ampli-

tude graph. Thiscan be useful if you want to reduce
visua clutter in the plug-in window.

Show/Hide Gain  Show/Hide FFT Input/Output

Show/Hide Threshold

INPUT OUTPUT

FFT Display options

To hide (or show) the Gain controls on the FFT
display:

= Click the Show/Hide Gain icon so that it is not
lit (or click the Show/Hide Gainicon sothatitis
lit).

To hide (or show) the Threshold controls on the
FFT display:

= Click the Show/Hide Thresholdicon sothat itis
not lit (or click the Show/Hide Thresholdicon so
that itislit).

To show the Input signal in the FFT display:
= Click the FFT Input toggle so that it islit.
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To show the Output signal in the FFT display:
= Click the FFT Output toggle so that it islit.

To hide the FFT amplitude graph:

= Click either the lit FFT Input toggle or the lit
FFT Output toggle (whichever oneislit) so that
it becomes unlit.

Input and Output Gain
Controls

Pro Multiband Dynamics provides Input Gain (pre-
processing) and Output Gain (post-processing)
controls. Pro Multiband Dynamics lets you inde-
pendently adjust the Input Gain from —36.0 dB to
+36.0 dB and the Output Gain from —36.0 dB to
+12.0 dB. These controls are located in the upper-
left corner of the Plug-1n window.

00dB 00dB =

Input and Output Gain controls

To adjust the Input Gain to or the Output Gain from
Pro Multiband Dynamics, do one of the following:

= Dragthefadericon, or dragin the numeric entry
field.

= Click the numeric entry field, type avalue, and
press Enter.

Source Linking

The Linking selector lets you set how individual
channels of a multichannel source signal are com-
bined in each of the separate detectors (by band).
The source signal can be the audio being processed
by the Pro Multiband Dynamics, or it can be an ex-
ternal side-chain signal (see “ Side-Chain Process-
ing” on page 134).
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The available Linking modes are: Stereo Pairs, All
(W/LFE), All (no LFE), or Front/Rear.

Stereo Palrs 7

v Stereo Pairs

All (w/LFE)
All (no LFE)
Front/Rear

Selecting linked source channels for triggering
dynamics processing

Internal Source—Stereo Pairs

When Stereo Pairs is selected on a greater-than-
stereo multichannel track, the input signal for each
stereo pair affects only those same channels, and
likewise mono channels are affected only by their
own input signal. For example, with an LCR multi-
channel format, the processing for the Center chan-
nel isonly triggered when the Center channel input
signal reaches the threshold. However, when the
input signal reachesthe threshold on the L eft or the
Right channel, processing is triggered for both the
Left and the Right channel.

All (with LFE)

When All (w/LFE) mode is selected, the plug-in
combines every channel into the same detector and
applies dynamics processing on each channel iden-
tically. For example, when any signal channel
crossesthethresholdina5.1 surround format, all of
the channels will be processed equally.

All (No LFE)

When All (no LFE) isselected, dynamicsprocessing
isapplied equally to all channels when the input
signal reaches the threshold on any input channel,
except for the LFE channel (if present). The LFE
channel is processed independently based on its
own input signal.
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Front/Rear

For LCRS or greater channel formats, when
Front/Rear is selected, dynamics processing is ap-
plied based on front channel inputs (LCR) and sur-
round channel inputs (S) independently. For .1 for-
mats, the LFE channel is processed independently
based on its own input signal.

Mini Multichannel Gain
Reduction and Output Meters

Pro Multiband Dynamics provides mini Gain Re-

duction and Peak Metersfor every possible channel
output. These meters are located in the upper-right
corner of the plug-in window. The eight channels
of Gain Reduction Metersand the eight channel s of
Output Meters are aways shown regardless of the
channel width of the track on which Pro Multiband
Dynamicsisinserted. However, only active chan-
nelswill show meter activity.

The channel ordering of the meters updates to
match the selected channel width. For example,
stereo shows on the first two meters from left to
right, but 5.1 showsL, C, R, Ls, and Rsfrom left to
right with the LFE always shown on the right-most
meter.

The color coding under the Gain Reduction corre-
sponds to the Channel Link mode: Channels with
the same color are combined in the same detector
(see “Source Linking” on page 128).

Gain Reduction and Output meters
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Band Pane Controls and
Indicators

Each of thefour bands of Pro Multiband Dynamics
provide a control pane with the same controls and
indicators.

LINK — AUTO

FLIP " BYPASS

N
)

-6.0 dB

GAIN

SLOPE
ATTACK
RELEASE

TG

SMART RMS AVG PEAK

Band controls pane

Adjusting Controls in a Band
Pane

Click the button controls to toggle them on or off.
When toggled on, the text in the button lights.

Turn the knob controls by dragging up and down,
or left and right.

Adjust the slider controls by dragging from left to
right.
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Click in anumeric field and type a number. Press
Enter to commit the entered value. The Gain,
Slope, Attack, and Release |abels convert to nu-
meric fields when you move the cursor over either
the slider or the label. The labelsfor Gain, Slope,
Attack, and Release can be edited by clicking the
numeric field.

Band Pane Buttons

At the top of each Band pane are a set of buttons
that let you enable/disable the band, solo the audio
passing through the band, bypass dynamics pro-
cessing on the band, link band controls, and toggle
the band dynamics processing between being a
Compressor or an expander.

LINK AUTO

FLIP  BYPASS

Band Pane buttons

Enable/Disable Band

The Enable/Disable Band button displays the band
number. Click it to toggle the band on (lit) or off
(unlit). Disabling a band resultsin the adjacent
band taking over the frequency range occupied by
the disabled band, and adj usts the number of Cross-
over Frequency controls on the graph display.

Solo
The Solo button lets you solo or unsolo the band.
Link

When the Link button is enabled on more than one
band, all controls are linked between these bands.
Linked bands retain offsets between continuous
controls.
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To temporarily link the controls of all 4
bands, Shift-drag a control.

To temporarily unlink and adjust a control
independently of all other linked bands,
Control-click (Mac) or Sart-click (Win-
dows) and drag the control.

Auto

The Auto button lets you enable Automatic Gain
Control. When Automatic Gain Control isenabled,
the Gain setting changes when you change the
Depth setting. However, when you change Gain,
the Depth setting remains in afixed relation to the
Gain setting.

Flip

When Flip mode is enabled (lit), the operation of
the band changes so that dynamics are adjusted
when theinput signal isbelow thethreshold. By de-
fault, each band adjusts the dynamics when the in-
put signal goes above the threshold. However, in
Flip mode, the band functions as either aclassic
Downward Compressor or an Upward Expander,
depending on the Depth control setting.

For example, if you enableFlip on al the bands and
set the Depth controls to negative values, Pro Mul-
tiband Dynamics becomes a decent broadband
noisereduction plug-in. If you haveasignal source
with alot of high-end hiss, enable Flip mode on just
the high-band and noise-reduce that band with
downward expansion (while keeping the other
bands as downward compressors).
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To bring out the fine low-level details of aperfor-
mance, enable Flip mode on the middle two bands
and set the Depth controls to positive values. This
increases the volume of subtle nuances while en-
suring that the tone of anything above the threshold
is unaffected.

Since Flip mode significantly changes the charac-
teristics of the dynamics processing, the color of
the Threshold and Depth controls change from blue
(Flip mode disabled) to orange (Flip mode enabl ed).

A\ For parallel processing workflows, you can
use Flip mode to get results similar to par-
allel processing whileavoiding phaseissues
or having to set up parallel compression
routing. Pro Multiband Dynamicsis not
recommended for parallel dynamics
processing asit can result in phase issues
between the processed signal and the
unprocessed signal. Like many multiband
compressors, Pro Multiband Dynamicsuses
minimum-phase filters to ensure efficient
low-latency processing. However, this
resultsin a signal that does not phase-align
with a parallel unprocessed signal.

Bypass

When Bypass is enabled, the input signal passes
through the band without any dynamics processing.

Band Pane Meters

Each Band providesindependent Level meterswith
Peak Hold indicators, as well as Gain Reduction
meters with Gain Reduction/Expansion Peak indi-
cators. Additionally, there is a Threshold control
that lets you set the Threshold against the level me-
ter.
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Gain Reduction/Expansion Peak

Gain Reduction —=
Meter

Peak hold meters

Threshold —p

Level meter

RMS

Band Pane meters

Gain Reduction/Expansion Peak Indicator

Each band provides a numerical indicator for the
peak gain reduction or expansion valuein decibels.

Gain Reduction Meter

The Gain Reduction Meter displays the amount of
gain reduction applied to the band.

Peak Indicators

The Peak Hold indicator appearsasathinlinein

the Level Meter. The Peak Gain Reduction indica-
tor appearsasathin linein the Gain Reduction Me-
ter. These provide highly accurate visual metering
correlation with the frequency band’ saudio signal.

Threshold Control

The Threshold control lets you adjust the
Threshold setting against the Level Meter.
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Level Meter

The Level Meter indicates the band output level
based on the following color coding:

Dark Blue Indicatesnominal levelsfrom—90 dB to
-12 dB.

Light Blue Indicates pre-clipping levels, from
—12 dB to 0 dB.

Yellow Indicates full scale levelsfrom 0 dB to
+6 dB.

Dynamics Controls
Threshold

The Threshold control setsthe level that an input
signal must exceed to trigger dynamics processing
(from—60 dB to 0 dB). A band will be compressed
if itslevel exceedsthis setting. If the signal level
falls below this value, no processing will occur on
thisband. Y ou can a so adjust the Threshol d setting
using the blue circle Threshold control on the FFT
display or the Threshold control to the left of the
band' s level meter.

Depth

The Depth control sets the maximum amount of
gain reduction or expansion applied to the input
signal of the band (from—24 dB to +24 dB). For ex-
ample, if you set Depth to =10 dB, no more than
10 dB of gain reduction is applied to the incoming
signal. Y ou can also adjust the Depth setting using
the purple triangle Depth control on the FFT dis-

play.
Gain

The Gain control lets you boost or attenuate the
output gain of the frequency band (from —24 dB to
+24 dB). Y ou can also adjust the Gain using the
Red Square gain control icon on the FFT display.
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Slope

The Slope control lets you adjust the dynamic
curve for compression and expansion (from 0% to
100%). Slopeis effectively acombined control for
adjusting the Ratio and the Knee of the dynamics
processor. Lower settings offer alower ratio and a
softer knee. Higher settings increase the ratio and
provide a sharper knee.

When Slope is set to 0%, the effective Ratio is ap-
proximately 1:1.5. When Slope is set to 100%, the
Ratio is 1:20.

At the sametime, the knee ranges from about 1/2 of
Depthin dB (min slope) to 0 dB (max slope).

Attack

The Attack control setsthe attack time, or therate at
which gain is reduced after the input signal level
crosses the threshold (from 100.0 microseconds to
1.0 second).

The smaller the value, the faster the attack. The
faster the attack, the more rapidly gain changeis
applied to the signal. If you use fast attack times,
you should generally use a proportionally longer
release time, particularly with material that con-
tains many peaksin close proximity.

Q The actual compression attack timeisalso de-
~ pendent on the selected Detection mode. Each
mode hasits own attack and release timesthat
are calculated in advance of compression pro-
cessing. If a lower Detection modeis selected
(such as AVG), the fastest possible actual at-
tack time for compression can only be about
20 ms. The selected Detection mode similarly
affects the compressor release time.
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Release

The Release control setsthe length of timeit takes
for compression to be fully deactivated after thein-
put signal drops below the threshold (from 1.0 mil-
lisecond to 10.0 seconds).

Release times should be set long enough that if sig-
nal levels repeatedly rise above the threshold, the
gain reduction “recovers’ smoothly. If the release
time istoo short, the gain can rapidly fluctuate as
the compressor repeatedly triesto recover from the
gainreduction. If thereleasetimeistoolong, aloud
section of the audio material could cause gain re-
duction that continues through soft sections of pro-
gram material without recovering.

Detection Modes

Pro Multiband Dynamicsprovidesseveral different
detection options for determining how the com-
pressor responds to the input signal.

To change the detection mode for the compressor:

= Click adetection mode from the options avail-
able at the bottom of the Band Controls pane.

SMART "RMs "AVG PEAK

Detection mode options (Smart mode selected)

Detection options include the following:

Smart Select the Smart option for tracks with di-
verse input signals, or if you are simply not sure
what detector works best with the given audio ma-
teria. The Smart option analyzestheincoming sig-
nal and interpol ates between the different detection
modes as needed. Thislets you apply alot of com-
pression without distortion or pumping.
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RMS Select the RMS option to apply processing ac-
cording to the detected RM S (Root Mean Square)
amplitude of the input signal. The RMS optionis
similar to the Average option, but with afaster re-
lease time.

Average Select the Average option to apply pro-
cessing according to the detected average ampli-
tude of the input signal.

Peak Select the Peak option to apply processing
according to the detected peak amplitude of the
input signal. This mode provides the fastest detec-
tor response.

Side-Chain Processing

Dynamicsprocessorsoperate by changing thelevel
of the main input signal according to what is de-
tected on a separate “key input” or “side chain.”
Normally, the main input and the key input are fed
from the same source signal, but some dynamics
plug-ins can have the side chain fed from a sepa-
rate, external signal. With external key side-chain
processing, you can trigger dynamics processing
using an external signal (such as a separate refer-
ence track or audio source) instead of the input sig-
nal.

On Pro Multiband Dynamics, the external side
chain is processed through the same crossover net-
work as the main signal, so the side chain of each
band will contain only that band’ sfrequency range.

To use a key input for external side-chain

processing on any frequency band:

1 Useasend bus or output bus on the track with
the audio that you want to use for external side-
chain processing

2 Click the Key Input selector and select the input
or bus carrying the audio you want to useto trig-
ger dynamics processing.
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Track

Audio 1 b
Multiband Compressor

On Bus 1

-

Bus 1 selected as the key input for side-chain
processing

3 Enable side-chain processing on any of the
frequency bandsin Pro Multiband Dynamics.

4 Begin playback. The plug-in uses the input or
busthat you chose asakey input to trigger its ef-
fect.

Side Chain Signal Level

Side Chain Listen
Side Chain Enable

m

Side-Chain section

Side Chain Signal Level

The Side Chain Signal Level meter displays the
level of theincoming side chain signal.

Side Chain Listen

Listen mode lets you hear the input signal of the
side chain to the frequency band.

To enable (or disable) Listen mode on the side
chain:

= Click the Listen button so that it is highlighted.
To disableit, click the button again so that it is
not highlighted.

Side Chain Enable

Pro Multiband Dynamics|etsyou enable sidechain
processing on a band-by-band basis.
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To enable (or disable) side-chain processing for a
given frequency band:

= Click the Side Chain Enable button so that it is
highlighted. To disableit, click the button again
so that it is not highlighted.

Multiband Splitter Plug-In

Included with Pro Multiband Dynamicsis a sepa-
rate Multiband Splitter plug-in that lets you send
audio by frequency band to other tracks using plug-
in sends. Thisletsyou split the audio signal by fre-
quency bands for additional mixing and effects
processing, but without any dynamics processing.

A\ VENUE and Media Composer do not support
Multiband Splitter.

B
\—'—1

Crossover Frequency controls

Enable/Disable Band

Multiband Splitter

Enable/Disable Band
The Enable/Disable Band button shows the band

number. Click it to toggle the Band on (lit) or off
(unlit).

Crossover Frequency Controls

Use the Crossover Frequency controls (up to three
are available depending on how many of the four
possible frequency bands are enabled) to set the
frequency split between bands.
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To adjust the frequency split between adjacent
bands:

= Dragthe Crossover Frequency control to the | eft
or right.

Pro Multiband Dynamics and
Multiband Splitter Plug-In
Sends

Both Pro Multiband Dynamics and Multiband
Splitter plug-inslet you output signal on aband-by-
band basis for routing to Auxiliary Input tracks or
audio tracks for additional mixing and processing.

A\ VENUE and Media Composer do not support
the auxiliary output signal feature of Pro
Multiband Dynamics.

To route the audio signal output of individual
frequency bands from Pro Multiband Dynamics or
Multiband Splitter:

1 Insert Pro Multiband Dynamics or Multiband
Splitter on atrack.

2 Adjust the Crossover Frequency controls.

3 Create an Auxiliary Input (or audio) track.

4 From the Auxiliary Input (or audio) track input
selector, select a plug-in band.

Selecting the Low Band output from an instance of the
Pro Multiband Dynamics plug-in as the input on an
Auxiliary Input track
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Chapter 22: Purple Audio MC77

Purple MC77 isadynamics processing plug-in that
isavailablein DSP, Native, and AudioSuite for-
mats.

Purple MC77 supports 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

Purple MC77 operates as a mono, multi-mono, or
stereo plug-in.

Purple Audio MC77

ThePurple Audio MC77 isaspot-on digital replica
of Andrew Raoberts' acclaimed MC77 Limiting am-
plifier, which in turn is an update of his classic
MC76 hardware unit. Representing adifferent take
on the 1176-style FET limiter, the Purple Audio
MC77 preserves every audio nuance and sonic sub-
tlety of the classic originals.
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Purple Audio MC77 Controls

Purple Audio MC77 has controlsidentical in name
to those of the BF76, and which function similarly.
For more information, see Chapter 10, “BF76.”
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Chapter 23: Smack!

Smack! isadynamics processing plug-in that is
availablein DSP, Native, and AudioSuite formats.

Smack! supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

Smack! supports mono, stereo, and greater-than-
stereo multichannel formatsup to 7.1.

Greater-than-stereo formats are only
available with Pro Tools HD.

Smack!

Q Smack! has no control to directly adjust the
threshold level (the level that an input signal
must exceed to trigger compression). The
amount of compression will vary with thein-
put signal, which is adjustable by the Input
control.
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The Smack! compressor/limiter plug-in hasthefol-
lowing features.

¢ Three modes of compression:

¢ Norm mode emulates FET compressors,
which can havefaster attack and rel easetimes
than electro-optical compressors. This mode
lets you fine-tune compression precisely by
adjusting the attack, release, and ratio con-
trols.

* Warm mode is based on Norm mode, but has
rel ease characteristics more like those of elec-
tro-optical limiters.

¢ Opto mode emulates classic electro-optical
limiters, which tend to have gentler attack and
release characteristicsthan FET compressors.
The attack, release and ratio controls are not
adjustable in this mode.

“Key Input” side-chain processing, which lets
you trigger compression using the dynamics of
another signal.

Side-Chain EQ filter, which lets you tailor the
compression to be frequency-sensitive.

High Pass filter, which lets you remove
“thumps’ or “pops’ from your audio.

Distortion control, which lets you add different
types of subtle harmonic distortion to the output
signal.
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Smack! Controls and Meters

Smack! includes controlsfor multiple compression
modes and a VU meter.

Smack! Compression Mode
Buttons

Smack! has three modes of compression: Norm
(Normal), Opto, and Warm. Usethe corresponding
button to select a mode.

W Wi oo |

Norm, Warm, and Opto mode buttons

Norm Mode Button

Enable the Norm button to emulate FET compres-
sors, which can have significantly faster attack and
rel ease times than opto-el ectrical-based compres-
sors. It can be used for awide range of program ma-
terial and, with extreme settings, can be used for
sound effects such as “pumping.”

In Norm mode, you can precisely adjust the Ratio,
Attack, and Release controls to fine-tune the com-
pression characteristics.

Q Some sustained low-frequency tones can
" cause waveform distortion in Norm mode.
The release characteristics of Warm mode
(which is based on Norm mode) can be used
to remedy this distortion by reducing wave-
formmodulation.
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Warm Mode Button

Enable the Warm button for compression that is
based on Norm mode, but which has program-de-
pendent release characteristics. These characteris-
tics, often described as “transparent” or “smooth,”
can beless noticeableto the listener and can reduce
waveform distortion caused by some sustained
low-frequency tones.

Aswith Norm mode, Warm mode can be used for a
widerange of program material including vocalsor
low-frequency instruments such as tom-toms or
bass guitar. Extreme settings can be used to pro-
duce “pumping” effects. Like Norm mode, Warm
mode lets you precisely adjust the Ratio, Attack,
and Release controls to fine-tune the compression
characteristics.

Opto Mode Button

Enable the Opto button to emulate opto-electro
compressors. Opto mode produces “ soft knee”
compression with gentle attack and release charac-
teristics, and isideal for compressing thin vocals,
bass guitars, kick drums, and snare drums. In Opto
mode, only the Input and Output controls are avail-
able for adjusting the amount of compression. The
Attack, Release, and Ratio controls are greyed out
and cannot be manually adjusted.

Smack! Input Control

Inall Smack! compression modes, | nput adjuststhe
level of input gain to the compressor. For more
compression, increase the amount of input gain.
For less compression, reduce the amount of input
gain.

Q Setting the Input and Output controlsto 5is
"~ equal to unity gain at a compression ratio of
1.1
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Smack! Attack Control

In Norm and Warm modes, Attack controlstherate
at which gain is reduced after the input signal
crosses the threshold.

Q This control is not available in Opto mode.

Set this control to O for the fastest attack time, or to
10 for the slowest attack time. Depending on the
program material and the parameters used, thisrep-
resents an approximate range of 100 usto 80 milli-
seconds.

Smack! Ratio Control

In the Norm and Warm modes, Ratio controls the
compression ratio, or the amount of compression
applied asthe input signal exceeds the threshold.
For example, a2:1 compression ratio meansthat an
input level that is 2 dB above the threshold will be
attenuated, resulting in an output level that is 1 dB
over the threshold.

Q This control is not available in Opto mode.

Q Smack! has no control to directly adjust the
" threshold level (thelevel that an input signal
must exceed to trigger compression). The
amount of compression will vary with the in-
put signal, which is adjustable by the Input
control.

Asyou increase the Ratio control, Smack! goes
from applying “ soft-knee” compression to “hard-
knee” compression, as follows:

* With soft-knee compression, gentle compression
beginsand increasesgradually astheinput signa
approaches the threshold. This creates smoother
compression.

* In hard-knee compression, compression begins
when theinput signal exceedsthethreshold. This
can sound abrupt, and isideal for limiting or de-
ng.
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Smack! compression ratios range from subtle com-
pression to hard limiting. At ratios of 10:1 and
higher, Smack! functionsasalimiter. Selecting the
Smack! setting lowers the threshold dlightly and
applies hard limiting, which keeps the output level
constant regardless of theinput level. (This setting
can aso be used for extreme compression effects.)

Smack! Release Control

In Norm and Warm modes, Release controls the
length of timeit takesfor the compressor to befully
deactivated after the input signal drops below the
threshold level. If the release time istoo short, dis-
tortion can occur on low-frequency signals.

Q This control is not available in Opto mode.

Set thiscontrol to O for thefastest releasetime, or to
10 for the slowest release time. Depending on the
program material and the parameters used, thisrep-
resents an approximate range of 15 msto 1 second
for Norm mode (or the primary release of Warm
mode).

Smack! Output Control

In all Smack! compression modes, Output adjusts
the overall output gain, which letsyou compensate
for heavily compressed signals by making up the
resulting differencein gain.

When you apply Smack! to stereo or multichannel
tracks, the Output control determines master output
levelsfor al channels.

Set this control to O for no output gain (silence), or
to 10 for theloudest output gain. Thisrepresentsan
approximate range of +40 dB.

Q Setting the Input and Output controlsto 5
" isequal to unity gain at a compression
ratio of 1:1.
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Smack! Side-Chain EQ Filter

The side-chain isthe signa path that acompressor
uses to determine the amount of gain reduction it
appliesto the signal being compressed. Thissignal
path is derived from the input signal or Key Input,
depending on the user's selection.

When enabled, the Side-Chain EQ filter lets the
user tailor the equalization of the side-chain signal
so that the compression becomes freguency-sensi-
tive.

See* Using the Smack! Side-Chain Input” on
page 142 for more information on using the
Sde-Chain EQ on a Key Input.

The Side-Chain EQ filter has the following set-
tings:

High Pass Makes the compressor's detector less
sensitive to low frequenciesin the input signal or
Key Input by rolling off at arate of 6 dB per octave.
For example, you might use this setting on amix to
prevent abass guitar or bass drum from causing too
much gain reduction.

-

7 i
OFF
SIDE-CHAIN EQ

High Pass Side-Chain EQ
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Band-Emphasis Makes the compressor's detector
more sensitive to mid-to high frequenciesin thein-
put signal or Key Input by boosting those frequen-
ciesin the side-chain signal. For example, you
might use this setting to reduce sibilance in vocal

tracks.

L
= 7

OFF

SIDE-CHAIN EQ
Band-Emphasis Side-Chain EQ

Combined Enablesthe High Passand peak settings
simultaneously to make the compressor's detector
more sensitive to high frequencies and less sensi-
tiveto low freguencies.

SIDE-CHAIN EQ
Combined Side-Chain EQ

Off Disables the Side-Chain EQ contral.
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Smack! Distortion Control

When enabl ed, Distortion adds subtle second-order
and third-order harmonic distortion to the output
signal.

* Odd harmonics produce waveforms that are

more square-shaped and are often described as
“harsh” sounding.

¢ Even harmonics produce waveforms with more
rounded edges and are often described as
“smooth” sounding.

Theamount of distortion that Smack! appliestothe
input signal depends on both the level of the input
signal and the amount of compression being ap-
plied.

Odd Applies mostly odd (and some even) harmon-
icsto the distortion.

Even Appliesmostly even (and some odd) harmon-
ics to the distortion.

O+E Applies an equa blend of odd and even har-
monic distortion.

Q The Output control has no effect on the level
of distortion applied to the signal.

Smack! HPF Toggle Switch

When enabled, the HPF (high passfilter) toggle
switch gently rollsoff audio frequencies|ower than
60 Hz in the output signal at arate of 6 dB per oc-
tave.

Thisisespecially useful for removing “thumps’ or
“pops’ from vocals, bass, or kick-drums.
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Smack! VU Meter

The VU meter displays the amount of input level,
output level, or gain reduction from compression,
depending on the current Meter Mode button set-
ting. It is calibrated to areference level of
-14dBFS=0VU.

Internal
Clipping
indicator

Input Meter Mode
Clipping  button
indicator

Output
Clipping
indicator

4,
L]
“H
-30 a 30
{ H

Input meter Output
meter

Gain meter

VU Meter
Meter Mode Button and Clip Indicators

The Meter Mode button toggles between display-
ing three display modes, asfollows:

In Displaysthe input signal level, referenced to
-14dBFS=0VU.

Out Displays the output signal gain, referenced to
-14dBFS=0VU.

GR Displays the amount of gain reduction applied
by the compressor.
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Input and Output Meters

The Input and Output meters indicate input and
output signal levelsin dBFS (dB relative to full
scale or maximum output).

The Interna Clipping indicator (labelled “INT
CLIP") turnsred when the signal exceedsthe avail-
able headroom. Clicking the Internal Clipping indi-
cator clearsit. Alt-clicking (Windows) or Option-
clicking (Mac) clearsthe clip indicators on all
channels.

Using the Smack! Side-Chain
Input

Smack provides side-chain processing capabilities.
Compressors typically use the detected amplitude
of their input signal to cause gain reduction. This
split-off signal is called the side-chain. However,
an external signal (referred to asthe Key Input) can
be used to trigger compression.

A typical use for external side-chain processing is
to control the dynamics of one audio signal using
the dynamics of another signal. For example, you
could use alead vocal track to duck the level of a
background vocal track so that the background vo-
cals do not interfere with the lead vocals.

Q The Side-Chain EQ filter lets you tailor the
" equalization of the side-chain signal so that
the compression becomes frequency-sensi-
tive. See“ Smack! Sde-Chain EQ Filter” on
page 140 for more information.
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To use an external Key Input to trigger

compression:

1 Insert Smack! on atrack you want to compress
using external side-chain processing.

2 Ontheaudio track or Auxiliary Input that you
want to specify asthe Key Input (the signal that
will be used to trigger compression), click the
Send button and select the bus path to the track
that will use side-chain processing.

Q The Key Input must be monophonic.

3 Inthetrack that you are compressing, click the
instance of Smack! in the Inserts pop-up menu.

4 Inthe Smack! plug-in window, click the Key In-
put menu, and select the input or bus path that
you have designated as the Key Input.

5 Begin playback. Smack! usesthe input or bus
that you selected as a Key Input to trigger its ef-
fect.

6 To fine-tune the amount of compression, adjust
the send level from the Key Input track.

A\ When you are using a Key Input to trigger
compression, the Input control has no effect
on the amount of compression.

7 Totailor the side-chain signal so that the detec-
tor isfrequency-sensitive, use the Side-Chain
EQfilter (see“ Smack! Side-Chain EQFilter” on
page 140 for more information).
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Part IV: Pitch and Time Shift
Plug-Ins



Chapter 24: Pitch Il

Pitch Il is a pitch-shifting plug-in that is available in DSP, Native, and AudioSuite formats. Pitch Il is
designed for avariety of audio production applications, ranging from pitch correction of musical material
to sound design.

Pitch |1 supports44.1 kHz, 48 kHz, 88.2 kHz, and 96 kHz sampleratesfor all plug-in formats. Pitch Il also
supports 176.4 kHz and 192 kHz sample rates for Native and AudioSuite plug-in formats.

Pitch Il is available in mono, mono-to-stereo, and stereo channegl formats.

INPUT L R G ‘THRESHOLD WINDOW
00de | '@ @ Wide cL 6.0 dB o) 30.0ms

DELAY
MIX o M
FEEDBACK o FEEDBACK

LPF

Pitch Il (stereo)
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Track
Audlo 2
Pitch I

INPUT
0.0 B

THRESHOLD
6.0 dB

Presat Auto
<factory default> mEm
- + B COMPARE  SAFE

RANGE
Wide ¥

WINDOW

o) 30.0ms

BYPASS
Native

FOLLOW

DELAY
T

MiX

FEEDBACK

Pitch Il plug-in (mono)

Pitch processing typically uses the technique of
varying sample playback rate to achieve pitch
transposition. Changing audio sample playback
rate resultsin the digital equivalent of vari-speed-
ing with tape. Thisisusually unsatisfactory sinceit
changes the overall duration of the material.

Pitch transposition with Pitch |1 involves amuch
more complex technique. Pitch Il digitally re-
aligns portions of the re-sampled audio waveform
itself, while using de-glitching crossfades to mini-
mize undesirableartifacts. Theresult isaprocessed
signal that istransposed in pitch, but still retainsthe
same overall duration of the original, unprocessed
signal.
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Pitch Il Controls

Input and Transient Controls

INFUT
0.0 dB

THRESHOLD

l 6.0 dB

Input and Transient controls

Input The Input control lets you attenuate the gain
of theinput signal from —6.0 dB to 0 dB to prevent
clipping in the pitch shift algorithm.

Input Polarity The Input Polarity button invertsthe
polarity of theinput signal, to help compensate for
phase anomalies occurring in multi-microphone
environments, or because of mis-wired balanced
connections. Thestereo version of Pitch I provides
adjacent |eft and right channel Input Polarity but-
tons.

Range TheRange selector letsyou adjust therange
of frequencies (Low, Mid, High, Wide) used for
pitch detection. For most program material, the
Wide setting should work well for pitch detection
and transposition. |f you encounter undesirable fre-
guency artifacts with pitch transposition, experi-
ment with other settings. Set this parameter to
match the expected frequency content of source
material. For example, when working with a bass
part, set Range to Low. When pitch-shifting audio
from material similar to a soprano vocalist or avi-
olin, set Range to High.

Clip Indicator The Clip indicator shows whether
clipping has occurred on output. It isaclip-hold in-
dicator. If clipping occurs at any time, theclip light
will remain on. To clear the Clip indicator, click it.
Long delay timesand high feedback timesincrease
the likelihood of clipping.
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Level Indicator The Level indicator showsthe pres-
ence of an input signal.

Threshold Pitch |1 detects and responds to tran-
sientsin the incoming audio signal to prevent
“smearing” of sharp attacks (such as drum hits or
vocal plosives). The Threshold control (—40 dB to
0 dB, and Off) determines how strong atransient
needs to be in order to be recognized by the pitch
detection algorithm. It you encounter undesirable
frequency artifactsin themiddle of long held notes,
try raising the Threshold setting. If audio transients
are obscured in the transposed signal, try lowering
the Threshold setting.

Window Pitch Il changes the pitch by splitting the
incoming audio up into small grains (6.0 msto

42 ms), re-sampling those grains, and adding those
grains back together. The Window control deter-
minesthesize of thegrains. If you areworking with
long pad-like material such aslegato strings, then
increasing the Window size may improve audio
quality; having too short of a Window in this situa-
tion may result in robotic or buzzy sounding audio.
If you are pitch-shifting material with sharp tran-
sients, such as a drum part, reducing the Window
size improves transient response; having too long
of aWindow in this situation may make the audio
sound smeared and choppy.

Follow EnableFollow to match the overall dynamic
envelope of the source audio. If pitch-shifted audio
does not match the same decay sound as the origi-
nal, turning Follow on may improve the sound. In
most cases, however, leaving Follow off should
sound just fine.
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Pitch Shift Controls

Pitch Shift controls

Keyboard (Relative Pitch Transposition) Click
any note on the keyboard to set arelative pitch
transposition valuethat will be applied to the audio
signal. The“C” key in the middle of the keyboard
representstheoriginal pitch of theincoming signal:
if the C in the middle of the keyboard is selected,
there is no pitch transposition. Click any other key
to transpose the pitch of theincoming signal by the
interval difference between middle C and the se-
lected key. For example, if the E-flat key above
middle Cis selected, Pitch |1 transposes the incom-
ing signal up aminor third (or 3 semitones). The
Coarse control and the Keyboard control are
linked.

Coarse This control adjuststhe pitch of asigna in
semitones over atwo octave range. Pitch changes
areindicated in number of semitones.

Fine This control controls the pitch of asignal in
cents (hundredths of a semitone) over a 100 cent
range. Therange of this control is—50to +50 cents.

Ratio The Ratio control lets you set the transposi-
tion between the pitch of the incoming signal and
the selected transposition value as a percentage.
The Ratio setting is linked with the Coarse and
Fine settings.

Link (Stereo Only) Enable the Link option to link
the controls for the left and right channels.
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Show/Hide Panel

Show/Hide panel controls

Click the Show/Hide triangle in the upper left cor-
ner of the Pitch Shift panel to show or hide the
panel. Hiding the Pitch Shift panel can be useful for
conserving screen space.

Effects Controls

DELAY
T

MIX

FEEDBACK

LPF

Effects controls

Delay The Delay control letsyou set the delay time
between the original signal and the pitch-shifted
signal. It has a maximum setting of 1000 millisec-
onds. Y ou can usethe Delay control in conjunction
with the Feedback control to generate asingle
pitch-shifted echo, or a series of echoesthat risein
pitch.

Mix The Mix control letsyou adjust theratio of dry
signal to effected signal in the output. In general,
this control should be set to 100% wet, unless you
are using the plug-in in-line on an Insert for an in-
dividual track or element inamix. Thiscontrol can
be adjusted over its entire range with little or no
change in output level.
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Feedback The Feedback control lets you set the
amount and type of feedback (positive or negative)
applied from the output of the Delay effect back
into itsinput. It also controls the number of repeti-
tions of the delayed signal. You can useit to pro-
duce effects that spiral up or down in pitch, with
each successive echo shifted in pitch.

LPF The LPF (Low PassFilter) control letsyou set
the frequency under which audio signal is passed.
The control can be set between 10 Hz and

22.05 kHz.
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Chapter 25: Time Shift

Time Shift isan AudioSuite plug-in that provides
high quality time compression and expansion
(TCE) agorithms and formant correct pitch-shift-
ing.

Time Shift isideal for music production, sound de-
sign, and post production applications. Useit to
manipulate audio loops for tempo matching or to
transpose vocal tracks using formant correct pitch
shifting. You can also useit in audio post produc-
tion for pull up and pull down conversions as well
as for adjusting audio to specific time or SMPTE
durations for synchronization purposes.

MODE RANGE cAN @
Cromone[v) (vt _[v) _@ o

PROCESSED UNITS
snr . IINTN TN
BN WD
[0 I

Time Shift
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Time Shift Controls

Time Shift controls are organized in the following
four sections:

Audio Usethe controlsin the Audio section to se-
lect the most appropriate time compression and ex-
pansion algorithm (mode) for the type of material
you want to process, and to attenuate the gain of the
processed audio to aid clipping.

Time Use the controlsin the Time section to spec-
ify the amount of time compression or expansion
you want to apply.

Formant or Transient Use the controlsin the For-
mant or Transient section to adjust either the
amount of formant shift or the transient detection,
depending upon which mode you have selected in
the Audio section. The Formant sectionis only
available when Monophonic is selected as the Au-
dio Mode. The Transient section is available with
dlightly different controls depending on whether
Polyphonic or Rhythmic is selected as the Audio
Mode.

Pitch Usethe controlsin the Pitch section to apply
pitch shifting. Pitch shifting can also be formant
correct if you select the Monophonic audio setting.
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Time Shift Audio Controls

The Audio section of Time Shift provides controls
for specifying the type of audio you want to process
and gain attenuation of the processed signal to
avoid clipping.

MODE RANGE

[ Palyphonic ¥ [ wide

Time Shift, Audio section

Mode

The Audio Mode pop-up menu determines the fol-
lowing types of TCE and pitch shift algorithm for
processing audio:

Monophonic Select Monophonic for processing
monophonic sounds (such as avoca melody).

Polyphonic Select Polyphonic for processing com-
plex sounds (such as amultipart musical selection).

Rhythmic Select Rhythmic for processing percus-
sive sounds (such as amix or drum loop).

Rhythmic mode uses transient analysis for time
shifting. If you select audio with no apparent tran-
sients, or set the Transient Threshold control to a
setting above any detected transients, Time Shift
assumes a “virtual-transient” every three seconds
to be ableto processthefile. Consequently, thefile
should be 20 bpm or higher (one beat every three
seconds) to achieve desirable results. For material
that has no apparent transients, use Monophonic or
Polyphonic mode.

Varispeed Select Varispeed to link time and pitch
changefor tape-like pitch and speed change effects,
and post production workflows.
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Range

The Audio Range pop-up menu determines the fol -
lowing frequency ranges for analysis:

Low For low-range material, such as a bass
guitar, select Low.

Mid For mid-range material, such as male vocals,
select Mid. In Monophonic mode, Mid is the de-
fault setting and is usually matches the range of
most monophonic material.

High For materia with a high fundamental fre-
quency such as female vocals, select high.

Wide For more complex material that coversa
broad frequency spectrum, select Wide. In Poly-
phonic mode, Wideisthe default setting and isusu-
aly best for al material when using the Polyphonic
audio type.

Q The range pop-up menu is unavailablein
Rhythmic mode and Varispeed mode.

Gain

The Audio Gain control attenuates the input level
to avoid clipping. Adjust the Gain control from
0.0 dB to —6.0 dB to avoid clipping in the pro-
cessed signal.

Clip Indicator

The Clip indicator indicates clipping in the pro-
cessed signal. When using time compression or
pitch shifting abovetheoriginal pitch, itispossible
for clipping to occur. The Clip indicator lights
when the processed signal is clipping. If the pro-
cessed signal clips, undo the AudioSuite process
and attenuate the input gain using the Gain control.
Then, re-process the selection.
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Level Indicator

The Level indicator displaysthelevel of the output
signal using a plasma LED, which uses the fulll
range of plasmalevel metering colors.

Time Shift Time Controls

The Time section of Time Shift provides controls
for specifying the amount of time compression or
expansion aswell asthe timebase used for cal culat-
ing TCE. Adjust the Time control to changethetar-
get duration for the processed audio.

Sl o 00 000)

ORIGINAL PROCESSED UNITS.

Time Shift, Time section

Original Displays the Start and End times, and
Length of the edit selection. Timesare displayedin
units of the timebase selected in the Units pop-up
menu.

Processed Displaysthe target End time and
Length of the processed signal. Times are dis-
played in units of the timebase selected in the Units
pop-up menu. Y ou can click the Processed End and
Length fields and type values. These values update
automatically when adjusting the Time control.

Tempo DisplaystheOriginal Tempo and Processed
Tempo in beats per minute (bpm). Y ou can click
the Original Tempo and Processed Tempo fields
and type values. The Processed Tempo value up-
dates automatically when adjusting the Time con-
trol.
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Unit Select atimebase for the Original and
Processed time fields: Bars|Beats, Min:Sec,
Timecode, Feet+Frames, or Samples.

Speed Displays the target time compression or ex-
pansion as a percentage of the original. Adjust the
Time control or click the Speed field and type a
value. Time can be changed from 25.00% to
400.00% of the original speed (or 4to 1/4 timesthe
original duration). The default setting is 100.00%,
or no change. 25.00% resultsin 4 timesthe original
duration and 400.00% resultsin 1/4 of the original
duration.

The Speed field only displays up to 2 decimal
places, but lets you type in as many decimal places
as you want (up to the |EEE standard). While the
display roundsto 2 decimal places, the actual time
shift is applied based on the number you typed.
Thisisespecially useful for typing post production
pull up and pull down factors (see“ Post Production
Pull Up and Pull Down Taskswith Time Shift” on
page 155).
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Time Shift Formant Controls

The Formant section of Time Shift letsyou shift the
formant shape of the selected audio independently
of the fundamental frequency. Thisis useful for
achieving formant correct pitch shifting. It can also
be used as an effect. For example, you can formant
shift amale vocal up by five semitones and it will
take on the characteristics of afemale voice.

The Formant section is only available when Mono-
phonicisselected asthe Audio Type. The Formant
section providesasinglecontrol for transposing the
formants of the sel ected audio by —24.00 semitones
(-2 octaves) to +24.00 semitones (+2 octaves),
with fine resolution in cents. Adjust the Formant
Shift control or click the Shift field and type a
value.

Time Shift Formant section

About Formants

Audio with afundamental pitch hasan overtone se-
ries, or set of higher harmonics. The strength of
these higher harmonics creates a formant shape,
which is apparent if viewed using a spectrum ana-
lyzer. The overtone series, or harmonics, have the
same spacing related to the pitch and have the same
genera shape regardless of what the fundamental
pitchis. It isthisformant shape that givesthe audio
its overall characteristic sound or timbre. When
pitch shifting audio, the formant shape is shifted
with the rest of the material, which can result in an
unnatural sound. Keeping this shape constant is
critical to formant-correct pitch shifting and
achieving a natural sounding result.
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Time Shift Transient Controls

The Transient section is only available when Poly-
phonic or Rhythmic is selected asthe Audio Type,
and provides dlightly different controls for each.

When Polyphonic is selected as the Audio Type,
the Transient section provides controls for setting
the transient detection threshold and for adjusting
the analysis window length for processing audio.

Time Shift Transient section with Polyphonic selected
as the Audio Type

When Rhythmic is selected asthe Audio Type, the
Transient section provides controls for setting the
transient detection threshold, and for adjusting the
decay rate of the transients in the processed audio
when time stretching.

Time Shift Transient section with Rhythmic selected as
the Audio Type

Follow The follow button enables an envelope fol -
lower that simulates the original acoustics of the
audio being stretched. Click the Follow button to
enable or disable envelope following. Follow is
only available when Polyphonic is selected as the
Audio Type.
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Threshold The Threshold controls sets the tran-
sient detection threshold from 0.0 dB to —40.0 dB.
Disabletransient detection by setting the Threshold
control to Off (turn the knob all the way to the
right). Part of Time Shift’s processing relies upon
separating “transient” parts of the selection from
“non-transient” parts. Transient material tendsto
change its content quickly in time, as opposed to
partsof the sound which are more sustained. Adjust
the Threshold control or click the Threshold field
and type avalue.

The default value for Threshold is—6.0 dB. For
highly percussive material, lower the threshold for
better transient detection, especialy with the
Rhythmic audio setting. For less percussive mate-
rial, and for shifting with the Polyphonic audio set-
ting, ahigher setting can yield better results. Exper-
iment with this control, especially when shifting
drums and percussive tracks, to achieve the best re-
sults.

Window The Window control setstheanalysiswin-
dow length for processing audio. You can set the
Window from 6.0 milliseconds to 185.0 millisec-
onds. Adjust the Window control or click the Win-
dow field and type avalue. The Window control is
only available when Polyphonic is selected as the
Audio Type.

The default for Window sizeis 18.0 milliseconds
and workswell for many applications, but you may
want totry different Window settingsto get the best
results. Try larger window sizesfor low frequency
sounds or sounds that do not have many transients.
Try smaller window sizes for drums and percus-
sion. 37.0 milliseconds tendsto work well for poly-
phonic instruments such as piano or guitar. A set-
ting aslarge as 71.0 milliseconds works well for
bass guitar. Settings in the 12 millisecond range
work well on drums or percussion.
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Decay Rate The Decay Rate control determines
how much of the decay from atransient isheard in
the processed audio when time stretching. When
time stretching using the Rhythmic setting, the re-
sulting gaps between the transients are filled in
with audio, and Decay Rate determines how much
of thisaudio is heard by applying afade out rate.
Decay Rateis only available when Rhythmicis se-
lected asthe Audio Type. Adjust the Decay Rate up
to 100% to hear the audio that isfilling the gaps
created by the time stretching with only a slight
fade, or adjust down to 1.0% to compl etely fade out
between the original transients.

Time Shift Pitch Controls

The Pitch section of Time Shift provides controls
for pitch shifting the selected audio. Use the Pitch
control to transpose the pitch from —24.00 semi-
tones (-2 octaves) to +24.00 semitones (+2 oc-
taves), with fine resolution in cents.

Time Shift, Pitch section

Transpose Displays the transposition amount in
semitones. Y ou can transpose pitch from —24.00
semitones (—2 octaves) to +24.00 semitones (+2 oc-
taves), with fine resolution in cents. Adjust the
Pitch control or click the Transposefield and typea
value.

Shift Displays the pitch shift amount as a percent-
age. Y ou can pitch shift from 25.00% (-2 octaves)
to +400.00% (+2 octaves). Adjust the Pitch control
or click the Shift field and type avalue. The default
valueis 100% (no pitch shift).
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AudioSuite Input Modes and
Time Shift

Time Shift supports the Pro Tools AudioSuite In-
put Mode selector for use on mono or multi-input
processing.

Mono Mode Processes each audio clip as amono
file with no phase coherency maintained with any
other simultaneously selected clips.

Multi-Input Mode Processes up to 48 input chan-
nels and maintains phase coherency within those
selected channels.

AudioSuite Preview and Time
Shift

Time Shift supports Pro Tools AudioSuite Preview
and Bypass. For more information on using Audio-
Suite Preview and Bypass, see the Pro Tool s Refer-
ence Guide.
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Time Shift as AudioSuite TCE
Plug-In Preference

The Time Shift plug-in’s high quality time com-
pression and expansion algorithmsthat can be used
with the Pro Tools TCE Trim tool.

TCIE Plug-in: | Time Shift >

Default Settings: | <factory default> =

TCE Plug-In option in Processing Preferences page

See the Pro Tools Reference Guide for more
information about the TCE Trimtool.

To select Time Shift for use with the TCE Trim tool:
1 Choose Setup > Preferences.
2 Click the Processing tab.

3 From the TC/E Plug-In pop-up menu, select
Time Shift.

4 Select apreset from the Default Settings pop-up
menu.

5 Click OK.

Processing Audio Using Time
Shift

Time Shift lets you change the time and pitch of se-
lected audio independently or concurrently.

Q Normalizing a selection before using Time
© Shift may produce better results.
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Changing the Time Using Time
Shift

To change the time of a selected audio clip:
1 Select AudioSuite > Pitch Shift > Time Shift.
2 Select the Audio Mode appropriateto thetype of

material you are processing (Monophonic, Poly-
phonic, or Rhythmic).

3 In Monophonic or Polyphonic mode, select the
appropriate Range for the selected material
(Low, Mid, High, or Wide).

4 |f compressing the duration of the selection, at-
tenuate the Gain control as necessary.

5 |f using Monophonic mode, adjust the Formant
Shift control.

6 If using Polyphonic or Rhythmic mode, adjust
the Transient controls.

7 Makesure Pitch Shiftisset to 100% (unlessyou
also want to change the pitch of the selection).

8 Adjust the Time Shift control to set the amount
of time change. Time change is measured in
terms of the target duration using the selected
timebase or as a percentage of the original.

9 Click Render.

Changing the Pitch Using Time
Shift

To change the pitch of a selected audio clip:

1 Select AudioSuite > Pitch Shift > Time Shift.

2 Selectthe Audio Mode appropriateto thetype of

material you are processing (Monophonic, Poly-
phonic, or Rhythmic).

3 In Monophonic or Polyphonic mode, select the
appropriate Range for the selected material
(Low, Mid, High, or Wide).
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4 If transposing the pitch of the selection up, atten-
uate the Gain control as necessary.

5 |f using Monophonic mode, adjust the Formant
Shift control.

6 |If using Polyphonic or Rhythmic mode, adjust
the Transient controls.

7 Make sure Time Shift is set to 0% (unless you
also want to change the duration of the section).

8 Adjust the Pitch Shift control to set the amount
of pitch change. Pitch change is measured in
semitones (and cents) or as a percentage of the
original.

9 Click Render.

Changing the Time and Pitch
Using Time Shift

To change the time and pitch of a selected audio
clip:

1 Select AudioSuite > Pitch Shift > Time Shift.

2 Select Varispeed from the Audio Mode pop-up
menu.

3 Adjust either the Time Shift or Pitch Shift con-
trol to set theamount of time and pitch changein
terms of a percentage of the original.

4 Click Render.

Q Using the Monophonic, Polyphonic, or
" Rhythmic modes, you can adjust both the
Time Shift and Pitch Shift controlsinde-
pendently before processing.
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Post Production Pull Up and Pull Down Tasks with Time Shift

The table below provides information on TCE settings for common post production tasks. Type the corre-
sponding TCE% (represented to 10 decimal placesin thetable) in the Time Shift field for the corresponding
post production task and the process the selected audio.

Pull Up or Pull Down

TCE% (to 10 Decimal Places)

Frames

Pal to Film —4%.tfx

96.0%

25 to 24/30

PAL to NTSC —4.1%.tfx

95.9040959041%

25 to 23.976/29.97

Film to PAL +4.1667%.tfx

+104.1666666667%

24/30 to 25

Film to NTSC —0.1%.tfx

99.9000999001%

24/30 to 23.976/29.97

NTSC to Pal +4.2667%.tfx

+104.2708333333%

23.976/29.97 to 25

NTSC to Film +0.1%.tfx

+100.10%

23.976/29.97 to 24/30
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Chapter 26: Vari-Fi

Vari-Fi isan AudioSuite plug-in that provides a
pitch-change effect similar to atape deck or record
turntable speeding up from or slowing down to a
complete stop. Vari-Fi preserves the original dura-
tion of the audio selection.

Vari-Fi provides a pitch-change effect similar to a
tape deck or record turntable speeding up from or
slowing down to a complete stop. Featuresinclude:

« Speed up from a complete stop to normal speed

e Slow down to a complete stop from normal

Preset £
"USEIN PLAYLIST <factory defaults B

entirs salaction -+ 3 COMPARE

CHANGE  SLOW DOWN SPEED UP

SELECTION AT TO EXTEND

FADES
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Vari-Fi Controls

Change Controls
Slow Down

When selected, Slow Down applies a pitch-change
effect to the selected audio, similar to atape re-
corder or record turntable slowing down to a com-
plete stop.

Speed Up

When selected, Speed Up applies a pitch-change
effect to the selected audio, similar to atape re-
corder or record turntable speeding up from acom-
plete stop. This effect does not change the duration
of the audio selection.

Selection Controls

The Selection setting determinesthe duration of the
rendered clip in relation to the processing.

Fit To

When the Fit To option is selected, thelength of the
audio selection is retained when rendering the Au-
dioSuite effect. Thisis useful for rendering the ef-
fect in place (especialy if the selection is con-
strained by the grid or by adjacent clips).

When this option is enabled, processing is applied
to only two-thirds of the selection so that the resul -
tant rendering maintainsthe original duration of the
selection.
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Extend

When the Extend optionisselected, al audioin the
current Edit selection is processed and rendered.
Theresulting rendering is 150% the duration of the
Edit selection. The selection start point does not
change, but the rendered clip extends beyond the
end of the Edit selection.

Thiscan beuseful if thelast third (for speeding up)
or thefirst third (for slowing down) of the Edit se-
lection needs to be heard in the rendered effect.

Fades Controls

On

When the On option is selected, afade-out is ap-
plied if the Slow Down option is selected or afade
inisapplied if the Speed Up option is selected.

Off

When the Off option is selected, no fade-in or fade-
out is applied in the rendered Edit selection.

Thiscan resultinamore pronounced “ tape-stop” or
“tape-start” effect and can also be useful for pre-
serving the dynamic level at the end of the Edit se-
lection when the Slow Down option is selected, or
the beginning of the selection when the Speed Up
option is selected.

Chapter 26: Vari-Fi
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Chapter 27: X-Form

X-Form is an AudioSuite plug-in that is based on
the Radius a gorithm from iZotope. X-Form pro-
videsthe high quality time compression and expan-
sion for music production, sound design, and audio
loop applications. Use X-Form to manipul ate audio
loopsfor tempo matching or to change vocal tracks
for formant correct pitch shifting. The X-Form
plug-in isuseful in audio post-production for ad-
justing audio to specific time or SMPTE durations
for synchronization purposes. X-Formisalsoideal
for post-production pull up and pull down conver-
sions.

Q Normalizing a selection beforeusing X-Form
may produce better results.

Selection Preset
X-Farm ""USE IN PLAYLIST <factory default>
ereats Individusi files elip by clip - +3  COMPARE

LENGTH ||
TEMPO

TRANSIENT

SENSITMITY 7=,
- —( i

VINDOW

i R {IRAERANY)| 0.0 WHOLEFLE =~ 2.00 [PRERGER™

X-Form
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X-Form Displays and Controls
Overview

Theinterface for X-Form is organized in four sec-
tions: Audio, Time, Transient, and Pitch.

Audio Usethe controlsin the Audio section to se-
lect the most appropriate time compression and ex-
pansion algorithm for the type of material you want
to process and to attenuate the gain of the processed
audio to avoid clipping.

Time Use the controlsin the Time section to spec-
ify the amount of time compression or expansion
you want to apply.

Transient Usethe controlsin the Transient section
to adjust the transient detection for high quality
time compression or expansion.

Pitch Usethe controlsin the Pitch section to apply
pitch shifting. Pitch shifting can be formant correct
with either the Polyphonic or Monophonic algo-
rithm.

X-Form Audio Section Controls

The Audio section of X-Form provides controlsfor
specifying the type of audio you want to process
and gain attenuation of the processed signal to
avoid clipping.

X-Form, Audio section
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Type

The Audio Type determines the type of TCE and
pitch shift algorithm for processing audio: Poly-
phonic, Monophonic, or Poly (Faster).

Polyphonic Use for processing complex sounds
(such as amultipart musical selection).

A When previewing Polyphonic, Poly (Faster)
isused for faster previewing. However, when
you process the audio selection, the high-
quality Polyphonic setting is used.

Monophonic Use for processing monophonic
sounds (such asavoca melody).

Poly (Faster) Use for faster previewing and pro-
cessing, but with slightly reduced audio quality.

Gain

The Gain control attenuatestheinput level to avoid
clipping. Adjust the Gain control from 0.0 dB to
—6.0 dB to avoid clipping in the processed signal.

Clip Indicator TheClipindicator indicatesclipping
in the processed signal. When using time compres-
sion or pitch shifts above the original pitch, itis
possible for clipping to occur. The Clip indicator
lights when the processed signal is clipping. If the
processed signal clips, undo the AudioSuite pro-
cess and attenuate the input gain using the Gain
control. Then, re-process the selection.

Level Indicator The Level indicator displays the
level of the output signal using aplasmaLED,
which uses the full range of plasmalevel metering
colors.
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X-Form Time Section Controls

The Time section of X-Form provides controls for
specifying the amount of time compression or ex-

pansion aswell asthetimebase used for cal culating
TCE. Adjust the Time control to change the target
duration for the processed audio.

ORIGINAL PROCESSED

END

X-Form, Time section
Original

The Origina column displays the Start and End
times, and Length of the edit selection. Times are
displayed in units of the timebase selected in the
Units pop-up menu.

Processed

The Processed column displaysthe target End time
and Length of the processed signal. Times are dis-
played in units of the timebase sel ected in the Units
pop-up menu. Y ou can click the Processed End and
Length fields and type values. These values update
automatically when adjusting the Time control.

Tempo

The Tempo row displays the Original Tempo and
Processed Tempo in beats per minute (bpm). You
can click the Original Tempo and Processed
Tempo fields and type values. The Processed
Tempo value updates automatical ly when adjusting
the Time control.

Unit

Select atimebase for the Original and Processed
time fields: Barg|Beats, Min:Sec, Timecode,
Feet+Frames, or Samples.
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Shift

The Shift setting displays the target time compres-
sion or expansion as a percentage of the original.
Adjust the Time control or click the Shift field and
type avalue. Time can be shifted by as much as
12.50% to 800.00% of the original speed (or 8
timesto 1/8 of the original duration) depending on
which Range button is enabled (2x, 4x, or 8x).

The Shift field only displaysup to 2 decimal places,
but lets you type in as many decimal placesasyou
want (up to the IEEE standard). While the display
roundsto 2 decimal places, the actual time shift is
applied based on the number you typed. Thisis es-
pecialy useful for post-production pull up and pull
down factors (see “Using X-Form for Post Produc-
tion Pull Up and Pull Down Tasks” on page 164).

2x, 4%, and 8x Range Buttons

The 2x, 4x, and 8x Range buttons set the possible
range for the Time Shift, Pitch Shift, and Formant
Shift controls.

2x Letsyou apply Time Shift, Pitch Shift, and For-
mant Shift from 50.00% to 200.00% (where
50.00% is 2 times the original duration and
200.00% is 1/2 of the original duration).

4x Letsyou apply Time Shift, Pitch Shift, and For-
mant Shift from 25.00% to 400.00% (where
25.00% is 4 times the original duration and
400.00% is 1/4 of the original duration).

8x Letsyou apply Time Shift, Pitch Shift, and For-
mant Shift from 12.50% to 800.00% (where
12.50% is 8 times the original duration and
800.00% is 1/8 of the original duration).
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A When changing to a smaller Range setting
(such as switching from 8x to 2x), the Time
Shift and Pitch Shift settings are constrained
to the limits of the new, smaller range. For
example, with 8x enabled and Time Shift set
to 500%, switching to 2x changes the Time
Shift value to 200%.

X-Form Transient Section
Controls

The Transient section provides controlsfor setting
the sensitivity for transient detection and for adjust-
ing the analysis window size.

TRANSIENT

SENSITMITY 7=~

WINDOW

X-Form, Transient section
Sensitivity

The Sensitivity setting controls how X-Form deter-
mines and interprets transients from the origina
audio. Part of X-Form’sprocessing relies upon sep-
arating “transient” parts of the sample from “non-
transient” parts. Transient material tendsto change
its content quickly in time, as opposed to parts of
the sound which are more sustained. Sensitivity is
only available when Polyphonic is selected as the
Audio Type.

For highly percussive material, lower the Sensitiv-
ity for better transient detection, especially with the
Rhythmic audio setting. For less percussive mate-
rial, ahigher setting can yield better results. Exper-
iment with this control, especially when shifting
drums and percussive tracks, to achieve the best re-
sults.
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Window

The Window setting determines the analysis win-
dow size. You can adjust the Window from 10.0
milliseconds to 100.0 milliseconds. Adjust the
Window control or click theWindow field and type
avaue. Window is only available when Mono-
phonic is selected as the Audio Type.

Try larger window sizes for low frequency sounds
or sounds that do not have many transients. Try
smaller window sizes for tuned drums and percus-
sion. However, the default of 25 milliseconds
should work well for most material.

X-Form Pitch Section Controls

The Pitch section provides controls for pitch shift-
ing the selected audio. Use the Pitch control to
transpose the pitch from as much as—36.00 semi-
tones (-3 octaves) to +36.00 semitones (+3 oc-
taves), with fine resolution in cents, depending on
which Range button is enabled (2x, 4x, or 8x). X-
Form also lets you transpose the formant shape in-
dependently of the fundamental frequency.

PITEH
TRANSPOSE

X-Form, Pitch section
Transpose

The Transpose setting displays the transposition
amount in semitones. Y ou can transpose pitch by as
much as —36.00 semitones (—3 octaves) to +36.00
semitones (+3 octaves), with fine resolution in
cents, depending on which Range button is en-
abled. Adjust the Pitch control or click the Trans-
pose field and type avaue.
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Shift

The Shift setting displays the pitch shift amount as
a percentage. Pitch can be shifted by as much as
12.50% (-3 octaves) to 800.00% (+3 octaves) de-
pending on which Range button is enabled (2x, 4x,
or 8x). Adjust the Pitch control or click the Shift
field and type avalue.

Formant

Audio with afundamental pitch has an overtone se-
ries, or set of higher harmonics. The strength of
these higher harmonics creates a formant shape,
which is apparent if viewed using a spectrum ana-
lyzer. The overtone series, or harmonics, have the
same spacing rel ated to the pitch and have the same
general shape regardless of what the fundamental
pitchis. Itisthisformant shape that givesthe audio
its overall characteristic sound or timbre. When
pitch shifting audio, the formant shape is shifted
with the rest of the material, which can resultin an
unnatural sound. Keeping this shape constant is
critical to formant correct pitch shifting and achiev-
ing a natural sounding result.

The Pitch section of X-Form letsyou pitch shift the
formants of the sel ected audio independently of the
fundamental frequency. Thisis useful for achiev-
ing formant correct pitch shifting. It can also be
used as an effect. For example, you can formant
shift amale vocal up by five semitones and it will
take on the characteristics of afemale voice.

To enable or disable formant shifting:

= Click the In button. The In button lights when
formant shifting is enabled.

The Formant field displays the amount of formant
pitch shifting from —36.00 semitones (—3 octaves)
to +36.00 semitones (+3 octaves), with fine resolu-
tion in cents. Adjust the Formant control or click
the Formant field and type avalue.
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X-Form AudioSuite Input
Modes

X-Form supports the Pro Tools AudioSuite Input
Mode selector for use on mono or multi-input pro-
cessing.

Mono Mode Processes each audio clip as amono
file with no phase coherency maintained with any
other simultaneously selected clips.

Multi-Input Mode Processes up to 48 input chan-
nels and maintains phase coherency within those
selected channels.

AudioSuite Preview

X-Form supports Pro Tools AudioSuite Preview
and Bypass. For more information on using Audio-
Suite Preview and Bypass, seethe Pro Tools Refer-
ence Guide.
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AudioSuite TCE Plug-In
Preference

The high quality time compression and expansion
algorithms of X-Form can be used with the
Pro Tools TCE Trim tool.

TC/E Plug-in: | Avid X-Form -

Default Settings:  MNone =

TCE Plug-In option in Processing Preferences page

A When using X-Form for the TCE Trimtool,
the default 2x Rangeis used for an edit range
of twice to half the duration of the original
audio. Ifyou select a Default Setting that uses
either the 4x or 8x Range, the Time Shift and
Pitch Shift setting are constrained to the 2x
Range limit of 50% to 200%.

Refer to the Pro Tools Reference Guide for
mor e information about the TCE Trim tool.

To select X-Form for use with the TCE Trim tool:
1 Choose Setup > Preferences.
2 Click the Processing tab.

3 From the TC/E Plug-In pop-up menu, select
Avid X-Form.

4 Select apreset from the Default Settings pop-up
menu.

5 Click OK.
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Processing Audio Using
X-Form

X-Form lets you change the time and pitch of se-
lected audio independently or concurrently.

\

¥ You can adjust both the Time Shift and

Pitch Shift controlsindependently before
processing.

To change the time of a selected audio clip:

1

2

Select AudioSuite > Pitch Shift > X-Form.

Select the Audio Type appropriate to the type of
material you are processing (Monophonic or
Polyphonic).

If compressing the duration of the selection, at-
tenuate the Gain control as necessary.
Adjust the Transient controls.

Enable a Range button (2x, 4x, or 8x) to set the
possible range for time change.

Adjust the Time Shift control to set the amount
of time change. Time change is measured in
terms of the target duration using the selected
timebase or as a percentage of the original
speed.

Click Render.
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To change the pitch of a selected audio clip:

1

2

Select AudioSuite > Pitch Shift > X-Form.

Select the Audio Type appropriate to the type of
material you are processing (Monophonic or
Polyphonic).

If transposing the pitch of the selection up, atten-
uate the Gain control as necessary.
Adjust the Transient controls.

Enable a Range button (2x, 4x, or 8x) to set the
possible range for pitch change.

Adjust the Pitch Shift control to set the amount
of pitch change. Pitch change is measured in
semitones (and cents) or as a percentage of the
original pitch.

If you want to enable formant processing, click
the IN button to enable Formant and adjust the
Formant control.

Click Render.
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Using X-Form for Post Production Pull Up and Pull Down Tasks

The table below provides information on TCE settings for common post-production tasks. Type the corre-
sponding TCE% (represented to 10 decimal placesin thefollowing table) in the X-Form Time Shift field for
the corresponding post-production task and the process the selected audio.

Q Use the X-Form Plug-1n Settings for the corresponding post-production task.

Pull up or Pull Down

TCE% (to 10 Decimal Places)

Frames

Pal to Film —4%.tfx

96.0%

25 to 24/30

PAL to NTSC —4.1%.tfx

95.9040959041%

25 t0 23.976/29.97

Film to PAL +4.1667%.tfx

+104.1666666667%

24/30 to 25

Film to NTSC -0.1%.tfx

99.9000999001%

24/30 to 23.976/29.97

NTSC to Pal +4.2667%.tfx

+104.2708333333%

23.976/29.97 to 25

NTSC to Film +0.1%.tfx

+100.10%

23.976/29.97 to 24/30

Chapter 27: X-Form
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Part V: Reverb Plug-Ins



Chapter 28: D-Verb

D-Verb isastudio-quality reverb plug-inthat is
availablein DSP, Native, and AudioSuite formats.

D-Verb supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

D-Verb operates as a mono, multi-mono, mono-to-
stereo, or stereo plug-in.
Presat = Auto
a <factory defaults FEW  Bypass
PFPIE comPARE  SAFE DSP
HALL CHURCH PLATI LOOM IOOM 2 AMBIENT NON-LIN

SMALL UM LARGE

HFCUT

15.10 kHz
7 i

DIFFUSION LP FILTER
o Off

b
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D-Verb Controls

D-Verb providesavariety of controlsfor adjusting
plug-in parameters.

Input Level Meters

Input metersindicate the input levels of the dry au-
dio source signal.

Aninternal clipping LED will light if the reverbis
overloaded. This can occur even when the input
levels arerelatively low if thereis excessive feed-
back in the delay portion of thereverb. To clear the
Clip LED, click it.

Output Level Meter

Output metersindicate the output levels of the pro-
cessed signal.

Gain and Input Level Controls

D-Verb provides a Gain control above the Input
Level meter to let you adjust the input gain.

Mix Control

The Mix dlider adjusts the balance between the dry
signal and the effected signal, giving you control
over the depth of the effect. This control is adjust-
able from 100% to 0%.
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Algorithm Control

Thiscontrol selectsoneof sevenreverb algorithms:
Hall, Church, Plate, Room 1, Room 2, Ambience,
or Non-linear. Selecting an algorithm changes the
preset provided for it. Switching the Size setting
changes characteristics of the algorithm that are not
altered by adjusting the decay time and other user-
adjustable controls. Each of the seven algorithms
has a distinctly different character:

Hall A good general purpose concert hall with a
natural character. It is useful over alarge range of
size and decay times and with a wide range of pro-
gram material. Setting Decay to itsmaximum value
will produce infinite reverberation.

Church A dense, diffuse space simulating achurch
or cathedral with along decay time, high diffusion,
and some pre-delay.

Plate Simulates the acoustic character of a metal
plate-based reverb. This type of reverb typically
has high initial diffusion and arelatively bright
sound, making it particularly good for certain per-
cussive signals and vocal processing. Plate reverb
hasthe general effect of thickeningtheinitial sound
itself.
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Room 1 A medium-sized, natural, rich-sounding
room that can be effectively varied in size between
very small and large, with good results.

Room 2 A smaller, brighter reverberant character-
istic than Room 1, with a useful adjustment range
that extendsto “very small.”

Ambient A transparent response that is useful for
adding a sense of space without adding alot of
depth or density. Extreme settings can create inter-
esting results.

Nonlinear Produces a reverberation with a natural
buildup and an abrupt cutoff similar to agate. This
unnatural decay characteristicisparticularly useful
on percussion, since it can add an aggressive char-
acteristic to sounds with strong attacks.

Size Control

The Size contral, in conjunction with the Algo-
rithm control, adjusts the overall size of the rever-
berant space. Therearethreesizes: Small, Medium,
and Large. The character of the reverberation
changeswith each of these settings (as doestherel-
ative value of the Decay setting). The Size buttons
can be used to vary therange of areverb fromlarge
tosmall. Generally, you should select an algorithm
first, and then choose the size that approximatesthe
size of the acoustic space that you are trying to cre-
ate.
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Diffusion Control

Diffusion setsthe degree to which initial echo den-
sity increasesover time. High settingsresultin high
initial build-up of echo density. Low settings cause
low initial buildup. This control interacts with the
Sizeand Decay controlsto affect the overall reverb
density. High settings of diffusion can be used to
enhance percussion. Use low or moderate settings
for clearer and more natural-sounding vocals and
mixes.

Decay Control

Decay controls the rate at which the reverb decays
after the original direct signal stops. The value of
the Decay setting is affected by the Size and Algo-
rithm controls. Thiscontrol can be set toinfinity on
most algorithms for infinite reverb times.

Pre-Delay Control

Pre-Delay determines the amount of time that
€elapses between the original audio event and the
onset of reverberation. Under natural conditions,
the amount of pre-delay depends on the size and
construction of the acoustic space, and the relative
position of the sound source and the listener. Pre-
Delay attemptsto duplicatethis phenomenonandis
used to create a sense of distance and volume
within an acoustic space. Long Pre-Delay settings
placethereverberant field behind rather than ontop
of the original audio signal.
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Hi Frequency Cut

Hi Frequency Cut controls the decay characteristic
of the high frequency components of the reverb. It
actsin conjunction with the Low PassFilter control
to create the overall high frequency contour of the
reverb. When set relatively low, high frequencies
decay more quickly than low frequencies, simulat-
ing the effect of air absorptionin ahall. The maxi-
mum value of thiscontrol is Off (which effectively
means bypass).

Low Pass Filter

Low PassFilter controlsthe overall high frequency
content of the reverb by setting the frequency
above which a6 dB per octavefilter attenuates the
processed signal. The maximum value of this con-
trol is Off (which effectively means bypass).

Selections for D-Verb
AudioSuite Processing

Because AudioSuite D-Verb adds additional mate-
ria (thedelayed audio) to the end of selected audio,
make a selection that is longer than the original
source material to alow the additional delayed au-
dio to be written to the end of the audio file.

If you select only the original material without
leaving additional space at the end, delayed audio
that occurs after the end of the selection to be cut
off.
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Chapter 29: Reverb One

Reverb Oneisaworld-class reverb processing plug-in that provides the highest level of professional sonic
quality and reverb-shaping control. A set of unique, easy-to-use audio shaping tools lets you customize re-
verb character and ambience to create natural-sounding halls, vintage plates, or virtually any type of rever-
berant space you can imagine.

Reverb Oneisavailable in DSP, Native, and AudioSuite formats.

Prezat = Auto Map
Medium Concert Hall =" ractory Dafault Map
P comPARE  SAFE

Reverb One
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Reverb One supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

Reverb One operates as a mono, multi-mono,
mono-to-stereo, or stereo plug-in.

Reverb One features include:
 Editable Reverb EQ graph

« Editable Reverb Color graph

» Reverb Contour graph

e Dynamic control of reverb decay
 Chorusing

* Early reflection presets

« Extensivelibrary of reverb presets

About Reverb

Digital reverberation processing can simulate the
complex natural reflections and echoes that occur
after asound has been produced, imparting a sense
of space and depth—the signature of an acoustic
environment. When you use a reverberation plug-
in such as Reverb One, you are artificially creating
a sound space with a specific acoustic character.

This character can be melded with audio material,
with the end result being an adjustable mix of the
original dry source and the reverberant wet signal.
Reverberation can take relatively lifeless mono
source material and create a stereo acoustic envi-
ronment that gives the source a perceived weight
and depth in amix.

Creating Unique Sounds

In addition, digital signal processing can be used
creatively to produce reverberation characteristics
that do not exist in nature. There are no rules that
need to be followed to produce interesting treat-
ments. Experimentation can often produce striking
new sounds.
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Acoustic Environments

When you hear live sound in an acoustic environ-
ment, you generally hear much more than just the
direct sound from the source. In fact, sound in an

anechoic chamber, devoid of an acoustic space’s

character, can sound harsh and unnatural.

Each real-world acoustical environment, from a
closet to a cathedral, has its own unique acoustical
character or sonic signature. When the reflections
and reverberation produced by a space combine
with the source sound, we say that the space is ex-
cited by the source. Depending on the acoustic en-
vironment, this could produce the warm sonic char-
acteristics we associate with reverberation, or it
could produce echoes or other unusual sonic char-
acteristics.

Reverb Character

The character of areverberation depends on anum-
ber of things. Theseinclude proximity to the sound
source, the shape of the space, the absorptivity of
the construction material, and the position of the
listener.

Reflected Sound

Inatypical concert hall, sound reaches the listener
shortly after it is produced. The original direct
sound isfollowed by reflectionsfrom the ceiling or
walls. Reflections that arrive within 50 to 80 milli-
seconds of the direct sound are called early reflec-
tions. Subsequent reflections are called late rever-
beration. Early reflections provide asense of depth
and strengthen the perception of loudness and clar-
ity. The delay time between the arrival of thedirect
sound and the beginning of early reflectionsis
caled the pre-delay.
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The loudness of later reflections combined with a
large pre-delay can contribute to the perception of
largeness of an acoustical space. Early reflections
arefollowed by reverberation and repetitive reflec-
tionsand attenuation of theoriginal sound reflected
fromwalls, ceilings, floors, and other objects. This
sound provides a sense of depth or size.

Reverb One provides control over these reverbera-
tion elements so that you can create extremely nat-
ural-sounding reverb effects.

Reverb One Controls

Reverb One hasavariety of controlsfor producing
awide range of reverb effects. Controls can be ad-
justed by dragging their sliders or typing values di-
rectly in their text boxes.

The harmonic spectrum of the reverb can also be
adjusted on the graph displays. See “ Reverb One
Graphs’ on page 175.

Reverb One Master Mix Controls

The Master Mix section has controls for adjusting
the relative levels of the source signal and the re-
verb effect, and also the width of the reverb effect
in the stereo field.

Wet/Dry

Adjusts the mix between the dry, unprocessed sig-
nal and the reverb effect.

Stereo Width

Controls the width of the reverb in the stereo field.
A setting of 0% produces amono reverb. A setting
of 100% produces maximum spread in the stereo
field.
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100% Wet

Toggles the Wet/Dry control between 100% wet
and the current setting.

Reverb One Dynamics Controls

The Dynamics section has controls for adjusting
Reverb One' s response to changes in input signal
level.

Dynamics can be used to modify areverb’s decay
character, making it sound more natural, or con-
versely, more unnatural, depending on the desired
effect.

Typicaly, dynamics are used to give areverb a
shorter decay time when the input signal is above
the threshold, and alonger decay time when thein-
put level drops below the threshold.

This produces alonger, more lush reverb tail and
greater ambience between pauses in the source au-
dio, and a shorter, clearer reverb tail in sections
without pauses.

For example, on avocal track, use Dynamics to
make the reverb effect tight, clear, and intelligible
during busy sections of the vocal (where the signal
is above the Threshold setting), and then “bloom”
or lengthen at the end of a phrase (where the signal
falls below the threshold).

Similarly, Dynamics can be used on drum tracksto
mimic classic gated reverb effects by causing the
decay timeto cut off quickly whentheinput level is
below the threshold.

Q To hear examples of decay dynamics, load one
of the Dynamics presets using the Plug-In Li-
brarian menu.
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Decay Ratio

Controlstheratio by which reverbtimeisincreased
when asignal is above or below the Threshold
level. Dynamics behavior differs when the Decay
Ratio is set above or below 1. A ratio setting of
greater than 1 increasesreverb timewhenthesignal
isabovethethreshold. A ratio setting of lessthan 1
increases areverb’ stime when the signal is below
the threshold.

For example, if Decay Ratio is set to 4, the reverb
timeisincreased by afactor of 4 whenthesignal is
abovethethreshold level. If theratiois0.25, reverb
timeisincreased by afactor of 4 whenthesignal is
below the Threshold level.

Threshold

Setsthe input level above or below which reverb
decay time will be modified.

Chorus Controls

The Chorus section has controls for setting the
depth and rate of chorusing applied to areverb tail.
Chorusing thickens and animates sounds by adding
adelayed, pitch-modulated copy of an audio signal
to itself.

Chorusing produces a more ethereal or spacey re-
verb character. It is often used for creative effect
rather than to simulate a realistic acoustic environ-
ment.

(¥ To hear examples of reverb tail chorusing,
load one of the Chorus presets using the
Plug-In Librarian menu.

Depth

Controls the amplitude of the sine wave generated
by the LFO (low frequency oscillator) and the in-
tensity of the chorusing. The higher the setting, the
more intense the modul ation.
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Rate

Controls pitch modulation frequency. The higher
the setting, the more rapid the chorusing. Setting
the Rate above 20 Hz can cause frequency modula-
tion to occur. Thiswill add side-band harmonics
and changethereverb’ stone color, producing some
very interesting special effects.

Reverb One Reverb Section
Controls

The Reverb section has controls for the various re-
verb tail elements, including level, time, attack,
spread, size, diffusion, and pre-delay. These deter-
mine the overall character of the reverb.

Level

Controlsthe output level of the reverb tail. When
set to 0%, the reverb effect consists entirely of the
early reflections (if enabled).

Time

Controlstherate at which the reverberation decays
after the original direct signal stops. The value of
the Time setting is affected by the Size setting. You
should adjust the reverb Size setting before adjust-
ing the Time setting. If you set Timeto its maxi-
mum value, infinite reverberation is produced. The
HF Damping and Reverb Color controlsalso affect
reverb Time.

Attack

Attack determines the contour of the reverberation
envelope. At low Attack settings, reverberation
builds explosively, and decays quickly. As Attack
valueisincreased, reverberation builds up more
slowly and sustains for the length of time deter-
mined by the Spread setting.

When Attack is set to 50%, the reverberation enve-
lope emulates a large concert hall (provided the
Spread and Size controls are set high enough).
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Spread

Controlsthe rate at which reverberation builds up.
Spread works in conjunctions with the Attack con-
trol to determinethe initial contour and overall am-
bience of the reverberation envelope.

Low Spread settingsresult in arapid onset of rever-
beration at the beginning of the envelope. Higher
settingslengthen both the attack and buildup stages
of theinitial reverb contour.

Size Determines the rate of diffusion buildup and
actsasamaster control for Time and Spread within
the reverberant space.

Size values are given in meters and can be used to
approximate the size of the acousti c space you want
to simulate. When considering size, keep in mind
that the size of areverberant space in metersis
roughly equal to itslongest dimension.

Diffusion Controlsthe degreeto which initial echo
density increases over time. High Diffusion set-
tings result in high initial buildup of echo density.
Low Diffusion settings cause low initial buildup.

After theinitial echo buildup, Diffusion continues
to change by interacting with the Size control and

affecting the overall reverb density. Use high Dif-
fusion settings to enhance percussion. Use low or

moderate settings for clearer, more natural-sound-
ing vocals and mixes.

Pre-Delay Determines the amount of time that
€elapses between the original audio event and the
onset of reverberation. Under natural conditions,
the amount of Pre-delay depends on the size and
construction of the acoustic space, and the relative
position of the sound source and the listener. Pre-
delay attemptsto duplicate this phenomenonandis
used to create a sense of distance and volume
within an acoustic space. Long Pre-Delay settings
placethereverberant field behind rather than ontop
of the original audio signal.
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(¥ For aninteresting musical effect, set the Pre-
Delay time to a beat interval such as 1/8,
1/16, or 1/32 notes.

Reverb One Early Reflection
Controls

The Early Reflections section has controls for the
various early reflection elements, including ER set-
ting, level, spread, and delay.

Calculating Early Reflections

A particular reflection within areverberant field is
usually categorized as an early reflection. Early re-
flections are usually calculated by measuring the
reflection paths from source to listener. Early re-
flections typically reach the listener within 80 mil-
liseconds of theinitial audio event, depending on
the proximity of reflecting surfaces.

Simulating Early Reflections

Different physical environments have different
early reflection signatures that our ears and brain
use to pinpoint location information. These reflec-
tionsinfluence our perception of the size of aspace
and where an audio source sitswithin it. Changing
early reflection characteristics changes the per-
ceived location of the reflecting surfaces surround-
ing the audio source.

Thisis commonly accomplished in digital rever-
beration simulationsby using multiple delay tapsat
different levelsthat occur in different positionsin
the stereo spectrum (through panning). Long rever-
beration generally occursafter early reflectionsdis-
sipate.

Reverb One provides a variety of early reflections
models. These let you quickly choose a basic
acoustic environment, then tailor other reverb char-
acteristics to meet your precise needs.
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ER Settings

Selectsan early reflection preset. Theserangefrom
realistic roomsto unusual reflective effects. The
last five presets (Plate, Build, Spread, Slapback and
Echo) feature a nonlinear response.

Early reflection presetsinclude:

* Room: Simulates the center of a small room
without many reflections.

* Club: Simulates a small, clear, natural-sounding
club ambience.

e Stage: Simulates a stage in a medium-sized hall.
 Theater: Simulates a bright, medium-sized hall.

» Garage: Simulates an underground parking
garage.
e Studio: Simulates alarge, live, empty room.

» Hall: Placesthe sound inthemiddleof ahall with
reflective, hard, bright walls.

« Soft: Simulatesthe space and ambienceof alarge
concert hall.

e Church: Simulates a medium-sized space with
natural, clear-sounding reflections.

 Cathedral: Simulates alarge space with long,
smooth reflections.

» Arena: Simulates a big, natural-sounding empty
space.

e Plate: Simulatesahard, bright reflection. Usethe
Spread control to adjust plate size.

» Build: A nonlinear series of reflections

 Spread: Simulates awide indoor space with
highly reflective walls.

 Slapback: Simulates a large space with along-
delayed reflection.

 Echo: Simulates alarge space with hard, unnatu-
ral echoes. Good for dense reverb.
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Level

Controlsthe output level of the early reflections.
Turning the Early Reflections Level dider com-
pletely off produces areverb made entirely of re-
verb tail.

Spread

Globally adjusts the delay characteristics of the
early reflections, moving them closer together or
farther apart. Use Spread to vary the size and char-
acter of an early reflection preset. Setting the Plate
preset to a Spread value of 50%, for example, will
change the reverb from alarge, smooth plateto a
small, tight plate.

Delay Master

Determines the amount of time that el apses be-
tween the original audio event and the onset of
early reflections.

Early Reflect On

Toggles early reflections on or off. When early re-
flections are off, the reverb consists entirely of re-
verb tail.
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Reverb One Graphs

The reverb graphs display information about the
tonal spectrum and envel ope contour of the reverb.
The Reverb EQ and Reverb Color graphs provide
graphic editing tools for shaping the harmonic
spectrum of the reverb.

Reverb One EQ graph controls

Editing Graph Values

In addition to the standard slider controls, the Re-
verb EQ and Reverb Color graph settings can be

adjusted by dragging elements of the graph display.

To select the EQ or Color graph for editing:

= Select the EQ icon or the Color icon.

Reverb One (AAX version), EQ icon selected
To cut or boost a particular band:

= Drag aBand Cut/Boost breakpoint up or down.

To adjust frequency or crossover:

= Drag a Frequency/Crossover dider right or left.

To adjust high-frequency cut or damp:

= Dragthe HF Cut/HF Damp control point right or
| eft.
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Band Cut/Boost HF Cut/HF Damp

Frequency/Crossover

Frequency/Crossover

Adjusting graph controls

Reverb EQ Graph

Y ou can usethis 3-band equalizer to shapethetonal
spectrum of the reverb. The EQ is post-reverb and
affects both the reverb tail and the early reflections.

Frequency Sliders Sets the frequency boundaries
between the low, mid, and high band ranges of the

EQ.

The low frequency dider (60.0 Hz—22.5 kHz) sets
the frequency boundary between low and mid
cut/boost pointsin the EQ.

Thehigh-frequency slider (64.0 Hz—24.0 kHz) sets
the frequency boundary between the mid and high
cut/boost pointsin the EQ.

Band Breakpoints Control cut and boost valuesfor
the low, mid, and high frequencies of the EQ. To
cut afrequency band, drag abreakpoint downward.
To boost, drag upward. The adjustable range is
from —24.0 dB to 12.0 dB.

HF Cut Breakpoint Sets the frequency above
which a6 dB/octave low pass filter attenuates the
processed signal. It removes both early reflections
and reverb tails, affecting the overall high-fre-
quency content of the reverb. Use the HF Cut con-
trol toroll off high frequencies and create more nat-
ural-sounding reverberation. The adjustable range
isfrom 120.0 Hz to 24.0 kHz.
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Reverb Color Graph

You can use the Reverb Color graph to shape the
tonal spectrum of the reverb by controlling the de-
cay times of the different frequency bands. Low
and high crossover points define the cut and boost
points of three frequency ranges.

For best results, set crossover pointsat least two oc-
taves higher than the frequency you want to boost

or cut. For example, to boost asignal at 100 Hz, set
the crossover to 400 Hz.

Set the crossover to 500 Hz to boost low frequen-
cies most effectively. Set it to 1.5 kHz to cut low
frequencies most effectively.

Crossover Sliders Sets the frequency boundaries
between thelow, mid, and high frequency ranges of
the reverberation filter.

The low-frequency slider sets the crossover fre-
guency between low and mid frequenciesin there-
verberation filter. The adjustable range is from
60.0 Hz to 22.5 kHz.

The high-frequency slider setsthe crossover fre-
quency between mid and high frequenciesinthere-
verberation filter. The adjustable range isfrom
64.0 Hz to 24.0 kHz.

Band Breakpoints Controlscut and boost ratiosfor
the decay times of the low, mid, and high-fre-
guency bands of the reverberation filter. To cut a
frequency band, drag a breakpoint downward. To
boost, drag it upward. The adjustable rangeisfrom
1:8t0 8:1.
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HF Damp Breakpoint Sets the frequency above
which sounds decay at a progressively faster rate.
This determines the decay characteristic of the
high-frequency components of the reverb.

HF Damp works in conjunction with HF Cut to
shape the overall high -frequency contour of there-
verb. HF Damp filtersthe entire reverb with the ex-
ception of the early reflections. At low settings,
high frequencies decay more quickly than low fre-
guencies, smulating the effect of air absorption in
ahall. The adjustable range is from 120.0 Hz to
24.0 kHz.

Reverb Contour Graph

TheReverb Contour graph displaysthe envel ope of
the reverb, as determined by the early reflections
and reverb tail.

Reverb Contour graph (AAX version)

ER and RC Buttons Toggles the display mode. Se-
lecting ER (early reflections) displays early reflec-
tions datain the graph. Selecting RC (reverb con-
tour) displaystheinitial reverberation envelopein
the graph. Early Reflections and Reverb Contour
can be displayed simultaneously.
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Other Reverb One Controls

In addition to its reverb-shaping controls, Reverb
One also features online help and level metering.

Tool Tips

To usetool tips, move the cursor over the name of
any control, and an explanation appears as a tool
tip.

Input Level Meters

Input meters indicate the input levels of the dry au-
dio sourcesignal. Output metersindicate the output
levels of the processed signal.

Aninternal clipping LED will light if thereverbis
overloaded. This can occur even when the input
levels arerelatively low if there is excessive feed-
back in the delay portion of thereverb. To clear the
Clip LED, click it.
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Chapter 30: ReVibe Il

ReVibe Il isastudio-quality reverb and acoustic
environment modeling plug-in availablein DSP,
Native, and AudioSuite formats.

Prosat = Auto
<factory default> PE  avPass
-+ © coMPARE SAFE | DEP

Studio =
Large Natural Studio 1 hd Automatic

TIME LEVEL

’ 0008 [

"

\CK TIME  ATTACK SHAPE

0.0 ms

FHONT

ReVibe Il
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Using ReVibe Il

ReVibe |l makesit possible to model extremely re-
alistic acoustic spaces and place audio elements
within amix.

ReVibe Il supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

ReVibe Il works with mono and stereo formats,
and LCR, LCRS, quad, 5.0, and 5.1 greater-than-
stereo multichannel formats.

A\ Greater-than-stereo formats are only
available with Pro Tools HD.

In general, when working with stereo and greater-
than-stereo tracks, use the multichannel version of
ReVibell.
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ReVibe Il supports the following combinations of track types and plug-in insert formats:

Track
Type

Plug—in Insert Format

Mono

Stereo

LCR

LCRS

Quad

5.0

51

Mono

Stereo

LCR

LCRS

Quad

5.0

5.1

Dragging in the Graphic

Display to Adjust Controls

In addition to dragging controls and typing control
values, you can adjust settings on the Decay Color
& EQ graphic displays by dragging control points

on the graph.

To cut or boost a particular EQ band:

= Drag acontrol point up or down.

Cutting or boosting an EQ frequency band
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To adjust EQ frequency crossover:

= Drag the control point right or left.

Setting the EQ crossover frequency
To adjust high frequency rear cut:

= Drag the control point right or left.

Setting the rear cut frequency
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ReVibe Il Input and Output
Meters

The Input and Output meters indicates the input
and output signal levels. These meters range from
0 dB to —96 dB. The number of input and output
meters that operate simultaneously ranges from a
single meter for mono input and output, up to five
input and output meters for 5.0 and 5.1 multichan-
nel processing. The number of metersdisplayed de-
pends on the channel format of the track on which
the plug-inisinserted.

Input and Output meters (5.1)

Clip Indicators

A red channel clip indicator appears at the top of
each meter. The clip indicator lights when the sig-
nal level exceeds 0 dB, and stays it until cleared.
Clicking ameter’s clip indicator clears that meter.
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ReVibe Il Controls

ReVibe Il hasavariety of controlsfor producing a
wide range of reverb effects. Controls can be ad-
justed by dragging their sliders, typing values di-
rectly intheir text boxes, and adjusted on the Decay
Color and EQ graph displays.

Room and Reverb Type

ReVibe Il letsyou select the type of Room and Re-
verb modeled. Each Room and Reverb type models
early reflection characteristics for specific types of
rooms or effects devices. Each Room and Reverb
type also incorporates a complex room coloration
EQ, which models the general frequency response
of various rooms and effects devices.

Choosing a new Reverb Type changes the early re-
flections and room coloration EQ only. All of the
other ReVibell settingsremain unchanged. To cre-
ate a preset that includes all parameters, use the
Plug-In Settings menu.

For moreinformation on saving and import-
ing plug-in presets, see the Pro Tools Refer-
ence Guide.

Room Type Category menu

Studio -
Large Natural Studio 1 ]

Fs
-

Automatic =

Room Type Name menu

Preset Next and
Previous buttons

Reverb Type display and controls

Reverb Type menu

The Reverb Type display shows the Room Type
Category, Room Type Name, the Next and Previ-
ous buttons, and the Reverb Type.
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Room Type Category Menu

Clicking on the Room Type Category menu lets
you select one of the 14 Room Type categories, and
selectsthefirst Room Type preset in that category.

Room Type Name Menu

Click the Room Type Name menu to select from a
list of al available Room Type presets.

See” ReVibell RoomTypes’ on page 188 for
alist of room presets.

Next and Previous Buttons

Click the Next or Previous buttons to choose the
next or previous Room Type.

Reverb Type Menu

Click the Reverb Type menu to select the type of
reverb tail. There are nine basic reverb types, plus
Automatic. Select Automatic to use the reverb tail
typethat is stored with the currently selected room
type. The reverb types are:

» Automatic selectsthereverb tail type stored with
the room type.

< Natural isan average reverb tail type with no ex-
treme characteristics.

e Smooth is optimized for large rooms.
 Fast Attack can be useful for plate reverbs.

¢ Denseissimilar to smooth, and can aso be good
for aplate reverb.

« Tight isgood for small to medium rooms.

» Sparse 1 produces sparse early reflectionswith a
high diffusion buildup.

e Sparse 2 can be useful for a spring reverb.
* Wideisageneric large reverb.

e Small is optimized for small rooms.
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ReVibe Il Reverb Section
Controls

The Reverb section has controls for the various re-
verb tail elements, including level, time, size,
spread, attack time, attack shape, rear shape, diffu-
sion, and pre-delay. These determine the overall
character of the reverb tail.

Size Control

The Size control adjusts the apparent size of there-
verberant space from small to large. Set the Size
control to approximate the size of the acoustic
spaceyou want tosimulate. Sizevauesaregivenin
meters. The range of this control isfrom 2.0 m to
60.0 m (though relative size will change based on
the current Room Type).

Higher Size settings increase both the Time and
Spread values.

Q When specifying reverb size, keep in mind
" that the size of areverberant spacein meters

is approximately equal to itslongest dimen-
sion. In general, halls range from 25 mto
50 m; large to medium rooms range from
15 mto 30 m; and small rooms range from
5 mto 20 m. Smilarly, a Room Size setting of
20m corresponds roughly to a 4x8 plate.

Time Control

Time controlshow long thereverberation continues
after the original source signa stops. The range of
this control is from 100.0 msto Inf (infinity). Set-
ting Time to its maximum value will producein-
finite reverberation.

Level Control

Level controls the output level of the reverb tail.
When set to —INF (minusinfinity) no reverb tail is
heard, and the reverb effect consists entirely of the
early reflections (if enabled). Therange of thiscon-
trol isfrom —INF to 6.0 dB.
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Diffusion Control

Diffusion controls the rate that the sound density of
thereverb tail increases over time. The control
ranges between —-50% and 50%. At 0%, diffusionis
set to an optimal preset value. Positive Diffusion
settings create alonger initial buildup of echo den-
sity. At negative settings, the buildup of echo den-
sity is slower than at the optimal preset value.

Spread Control

Spread controls the rate at which reverberation
builds up. Spread worksin conjunction with the At-
tack Shape control to determine the initial contour
and overall ambience of the reverberation enve-
lope.

At low Spread settings there is arapid onset of re-
verb at the beginning of thereverberation envel ope.
Higher settings lengthen both the attack and
buildup of theinitial reverb contour. The range of
this control is from 0% to 100%.

Pre-Delay Control

The Pre-Delay control in the Reverb section sets
the amount of time that elapses between signal in-
put and the onset of the reverb tail.

Under natural conditions, the amount of pre-delay
depends on the sizeand construction of the acoustic
space and the relative position of the sound source
andthelistener. Pre-delay attemptsto duplicatethis
phenomenon and is used to create a sense of dis-
tance and volume within an acoustic space. Ex-
tremely long pre-delay settings produce effectsthat
are unnatura but sonically interesting.

The range of this control isfrom 0.0 msto
300.0 ms.
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Attack Time Control

Attack Time adjusts the length of time between the
start of the reverb tail and its peak level. Settings
are Short, Medium, or Long.

Attack Shape Control

Attack Shape determines the contour of the attack

portion of the reverberation envelope. At 0%, there
is no buildup contour, and the reverb tail begins at

itspeak level. At ahigh Attack Shape setting there-
verb tail begins at arelatively low initial level and

ramps up to the peak reverb level. Therange of this
control is from 0% to 100%.

Rear Shape Control

Rear Shape adjusts the envelope of thereverbin
the rear channels to control the length of the attack
time. Thisgivesmorereverb presence and alonger
reverb bloomintherear channels. Therange of this
control is from 0% to 100%.

ReVibe Il Early Reflection
Section

Different physical environments have different
early reflection signatures that our ears and brain
use to pinpoint location information in physical
space. These reflections influence our perception
of the size of aspace and where an audio sourcesits
within it.

Changing early reflection characteristics changes
the perceived location of the reflecting surfaces
surrounding the audio source. Ingeneral , thereverb
tail continues after early reflections dissipate.

ReVibe Il room presets use multiple delay taps at
different levels, different times, and in different po-
sitions in the multichannel environment (through
360° panning) to create extremely realistic sound-
ing environments.
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The Early Reflect section has controlsfor adjusting
the various early reflection elements, including
level, spread, and pre-delay.

Level Control

Level controls the output level of the early reflec-
tions. Setting the Level slider to—NF (minusinfin-
ity) eliminatesthe early reflectionsfrom the reverb
effect. The range of this control is from —INF to
6.0dB.

Spread Control

Spread globally adjuststhe delay characteristics of
the early reflections, moving the individual delay
taps closer together or farther apart. Use Spread to
vary the size and character of an early reflection
preset. The range of this control isfrom —100% to
100%.

At 0%, theearly reflectionsare set to their optimum
value for the room preset. Typical spread values
range between —25% and 25%.

Q Setting Spread to 100% produceswidely spaced
" early reflections that may sound unnatural. At
—100% the early reflections have no spread at

all, and are heard as a single reflection.

Pre-Delay Control

The Pre-Delay control in the Early Reflect section
determinestheamount of timethat elapsesbetween
the onset of the dry signal and the first early reflec-
tion delay tap. Some Room Types, such asthose
that produce slapback effects, have additional
built-in pre-delay. Therange of thiscontrol isfrom
—300.0 msto 300.0 ms.

Negative Pre-Delay timesimply that some early re-
flection delay taps should sound before the original

dry signal. Sincethisisnot possible, any of the de-
lay taps that would sound before the dry signal are
not used and do not sound.
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When Pre-Delay Link isenabled, negative early re-
flection Pre-Delay times can be used to make the
early reflections start before the reverb tail.

Pre-Delay Link Button

The Early Reflections Pre-Delay Link button tog-
gleslinking of the Early Reflection Pre-Delay con-
trol and the Reverb Pre-Delay control. When
linked, the Early Reflection Pre-Delay is offset by
the Reverb Pre-Delay amount, so that the total de-
lay for the early reflectionsis the sum of the Early
Reflection Pre-Delay and the Reverb Pre-Delay.

Early Reflections On Button

This button toggles early reflections on or off.
When early reflections are off, the reverb effect
consists entirely of reverb tail.

ReVibe Il Room Coloration
Section Controls

The Room Col oration controlswork in conjunction
with the selected Room Type. Coloration takes the
characteristic resonant frequencies or EQ traits of
the room and allows you to apply this spectral
shape to the reverb.

In addition to letting you adjust the overall sound of
the room, the high-frequency and low-frequency
components are split to alow you to emphasize or
de-emphasize the low and high frequency response
of the room.

Coloration Control

Coloration adjusts how much of the EQ character-
istics of the selected Room Type are applied to the
original signal. Therangeof thiscontrol isfrom 0%
to 200%. A setting of 100% provides the optimum
coloration for the room type. Settings above 100%
will tend to produce extreme and unnatural color-

ation.
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High Frequency Color Control

High Freguency Color (HF Color) adds or subtracts
additional high frequency coloration, or relative
brightness, to the acoustic model of the room. The
range of this control is from —50.0% to 50.0%.

Low Frequency Color Control

Low Fregquency Color adds or subtracts additional
low frequency coloration, or relative darkness, to
the acoustic model of the room. The range of this
control is from —50.0% to 50.0%.

ReVibe Il Levels Section
Controls

The Levels section has controls for adjusting
sourceinput and ReVibell output levels. ReVibell
providesindividual output level controlsfor Front,
Center, Rear reverb, and Rear early reflections.

In stereo and greater-than-stereo formats where
thereisno center channel or wherethereareno rear
channels, the center and rear level controls can be
used to augment the reverb sound. Reverb and
early reflections that would be heard either from
the center channel or from the rear channels can be
mixed into the front left and right channels.

Input Control

Input adjuststhelevel of the sourceinput to prevent
internal clipping. The range of this control isfrom
—24.0 dB to 0.0 dB. Lowering the Input control
does not change the levels shown on the input side
of the Input/Output meter, which showsthelevel of
the signal before the Input control.

Front Control

Front controls the output level of the front left and
right outputs. Front is also the main level control
for stereo. The range of this control is from —INF
(minusinfinity) to 0.0 dB.
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Center Control

Center controlsthe output level of the center chan-
nel outputs of multichannel formats that have a
center channel (such asLCR or 5.1).

When ReVibe Il isused in amultichannel format
that has no center channel (such as stereo or quad),
the Center level control adjusts a phantom center
channel signal that is center-panned to thefront | eft
and right outputs.

The range of this control is from —INF (minusin-
finity) to 0.0 dB.

Rear Reverb Control

Rear controlsthe output level of the rear outputs of
multichannel formatsthat have rear channels (such
asquad or 5.1).

When ReVibe Il is used in amultichannel format
that has no rear channels (such as a stereo or LCR)
the Rear level control instead adjusts rear channel
signals hard-panned to the front left and right out-
puts.

The range of this control isfrom —INF (minusin-
finity) to 0.0 dB.

Rear Early Reflections Control

Rear ER controls the output level of early reflec-
tionsin therear outputs. Therange of thiscontrol is
from —INF (minusinfinity) to 0.0 dB.

Q The Rear ER control has no effect when the
early reflections are turned off with the ER
On/Off button.

Rear Level Link Button

The Rear Level Link button toggles linking of the
Rear Reverb and Rear Early Reflections controls
on or off. The Rear Reverb and the Rear Early Re-
flections controls are linked by default. When
linked, the Rear Early Reflectionsand Rear Reverb
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controls move in tandem when either is adjusted.
When unlinked, the Rear Early Reflections and the
Rear Reverb controls can be adjusted inde-
pendently.

ReVibe Il Chorus Section
Controls

The Chorus section has controls for adjusting the
depth and rate of chorusing applied to the reverb
tail. Chorusing thickens and animates sounds and
produces a more ethereal reverb character. It is of-
ten used for creative effects rather than to simulate
arealistic acoustic environment.

Depth Control

Depth controls the amplitude of the sine wave gen-
erated by the LFO (low frequency oscillator) and
the intensity of the chorusing. The higher the set-
ting, the more intense the modulation. The range of
this control is from 0% to 100%.

Rate Control

Rate controlsthefrequency of theLFO. The higher
the setting, the more rapid the chorusing. Therange
of this control isfrom 0.1 Hz to 30.0 Hz.

Setting the Rate above 20 Hz can cause frequency
modulation to occur. Thiswill add side-band har-
monics and change the reverb’ stone color, produc-
ing interesting effects. Typical settingsare between
0.2Hzand 1.0 Hz.

Chorus On Button

This button toggles the chorus effect on or off.

ReVibe Il Mix Section Controls

The Mix section has controls for adjusting the rela-
tive levels of the source signal and the reverb ef-
fect.
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Wet Control

The Wet control adjusts the mix between the dry,
unprocessed signa and the reverb effect. If you in-
sert the ReVibe Il plug-in directly onto an audio
track, settingsfrom 30% to 60% are agood starting
point for experimenting with this control. The
range of this control isfrom 0% to 100%.

Q You can also achieve a 100% wet mix by
clicking the 100% Wet Mix button.

Stereo Width Control

Stereo Width controlsthe stereo field spread of the
front reverb channels. A setting of 0% produces a
mono reverb, but leaves the panning of the original
source signal unaffected. A setting of 100% pro-
duces a hard panned stereo image.

Settings above 100% use phase inversion to create
an even wider stereo effect. The Stereo Width
slider displaysred above the 100% mark to remind
you that a phase effect is being used to widen the
stereo field.

The range of this control is from 0% to 150%. The
default setting is 100%.

A The Stereo Width control does not affect the
reverberation effect coming through the rear
channels. If you want to produce a strictly
mono reverb, be sure to set the Rear Reverb
setting (Levels section) to —INF dB.

100% Wet and Dry Mix Buttons

These buttons set the Wet control to 100% Wet or
100% Dry and the current setting. A 100% wet mix
contains only the reverb effect with none of the di-
rect signal. This setting can be useful when using
pre-fader sendsto achieve send/return bussing. The
wet/dry balance in the mix can be controlled using
thetrack fadersfor thedry signal, and the Auxiliary
Input fader for the effect return.
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ReVibe Il Decay EQ Graph

The EQ display |ets you adjust the Decay EQ set-
tings for ReVibell. Click the EQ button to toggle
the display to show the Decay EQ settings. To ad-
just a setting on the graph, drag the corresponding
control point.

10.0 kHz

EQ display

Each control point on the graph has corresponding
text fields above and below the display that show
the current values.

Low Frequency Control

The Lo Freq control sets the frequency boundary
between low and mid cut or boost pointsin the re-
verb EQ. The range of this control isfrom 50.0 Hz
to 1.5 kHz.

Low Gain Control

The Lo Gain control sets cut and boost values for
the low and mid frequencies of the reverb decay
EQ. The range of this control isfrom —24.0 dB to
12.0dB.

High Frequency Control

The Hi Freq control sets the frequency boundary
between mid and high cut or boost pointsin the re-
verb EQ. The range of this control isfrom 1.5 kHz
to 20.0 kHz.
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High Gain Control

The Hi Gain control sets cut and boost values for

the mid and high frequencies of the reverb decay

EQ. Therange of this control isfrom —24.0 dB to
12.0dB.

High Frequency Rear Cut Control

The Rear control rolls off additional high frequen-
ciesintherear channels of the early reflectionsand
reverb tail. The application of thisfilter is distinct
from the application of Decay Color and Decay
EQ. Therange of this control isfrom 250.0 Hz to
20.0 kHz.

ReVibe Il Decay Color Graph

The Color display lets you adjust the Decay Color
settings for ReVibe I1. Click the Color button to
togglethedisplay to show Decay Color settings. To
adjust a setting on the graph, drag the correspond-
ing control point.

Color display

Y ou can use the controlsin the Decay Color graph
to shape the tonal spectrum of the reverb by adjust-
ing the decay times of the low and high frequency
ranges. Low and high crossover points define the
cut and boost points of three frequency ranges.

For best results, set crossover pointsat least one oc-
tave higher than the frequency you want to boost or
cut. To boost asignal at 200 Hz, for example, set
the crossover to 400 Hz.
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Low Frequency Crossover
Control

The Lo Crossover control setsthe crossover fre-
guency at which transitions from low frequencies
to mid frequencies take place in the reverberation
filter. The range of this control isfrom 50.0 Hz to
1.5kHz.

Low Frequency Ratio Control

The Lo Ratio control sets cut or boost ratios for the
decay times of thelow and mid frequency bands of
the reverberation filter. The range of this control is
between 1:16.0 and 4.0:1.

High Frequency Crossover
Control

The Hi Crossover control sets the crossover fre-
guency at which transitions from mid frequencies
to high frequencies take place in the reverberation
filter. The range of this control isfrom 1.5 kHz to
20.0 kHz.

High Frequency Ratio Control

The Hi Ratio control sets cut or boost ratios for the
decay timesof the mid and high frequency bands of
the reverberation filter. The range of this control is
between 1:16.0 and 4.0:1.
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ReVibe Il Contour Display

The Contour display shows the current reverb

shape and early reflections graphically. Both front
and rear reverb tail shapesand early reflectionscan
be viewed at the same time. Buttons below the dis-
play allow you to select the type of data being dis-

played.

Il ﬁ’||ii4|iﬂbllliihﬂwmm.u

Contour display

Early Reflections Button

The Early Reflections button toggles display of
early reflections on or off within the Contour dis-
play. When the Early Reflections button isillumi-
nated, early reflections datais displayed. When the
Early Reflections buttonisnot illuminated, early re-
flections datais not displayed. Both early reflec-
tions and reverb contour data can be displayed si-
multaneously.

Reverb Contour Button

The Reverb Contour button toggles display of the
reverb contoursfor both the front and rear channels
on or off within the Contour display. When the Re-
verb Contour button isilluminated, the reverbera-
tion envelopes are displayed. When the Reverb
Contour buttonisnot illuminated, thereverberation
envelopes are not displayed. Both early reflections
and reverb contour data can be displayed simulta-
neously.
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Front Button

The Front button toggles display of the front chan-
nel reverb contour and the front channel early re-
flections on or off within the Contour display.
When the Front button isilluminated, theinitial re-
verberation envelope and early reflections for the
front channels are displayed. When the Front but-
tonisnot illuminated, they are not displayed.

Rear Button

The Rear button togglesdisplay of therear channel
reverb contour and the rear channel early reflec-
tions on or off within the Contour display. When
the Rear button isilluminated, the initial reverber-
ation envelope and early reflections for the rear
channels are displayed. When the Rear button is
not illuminated, they are not displayed.

ReVibe Il Room Types

ReVibell comeswith over 200 built-in Room Type
presetsin 14 Room Type categories. These Room
Type presets contain complex early reflectionsand
room coloration characteristics that define the
sound of the space. The Room Type categoriesand
their presets are as follows:

Studios
e Large Natura Studio 1

e Large Natural Studio 2

e LargeLive Room 1
 LargeLive Room 2

e Large Dense Studio 1

e Large Dense Studio 2

* Medium Natural Studio 1
* Medium Natural Studio 2
e Medium Natural Studio 3
* Medium Natura Studio 4
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Medium Live Room 1
Medium Live Room 2
Medium Dense Studio 1
Medium Dense Studio 2
Small Natural Studio 1
Small Natural Studio 2
Small Natural Studio 3
Small Natural Studio 4
Small Natural Studio 5
Small Dense Studio 1
Small Dense Studio 2
Vocal Booth 1

Vocal Booth 2

Vocal Booth 3

Vocal Booth 4

Rooms

Large Bright Room 1
Large Bright Room 2
Large Neutral Room 1
Large Neutral Room 2
Large Dark Room 1
Large Dark Room 2
Large Boomy Room
Medium Bright Room 1
Medium Bright Room 2
Medium Bright Room 3
Medium Neutral Room 1
Medium Neutral Room 2
Medium Neutral Room 3
Medium Dark Room 1
Medium Dark Room 2
Medium Dark Room 3
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» Small Bright Room 1
» Small Bright Room 2
e Small Bright Room 3
* Small Neutral Room 1
* Small Neutral Room 2
» Small Neutral Room 3
* Small Dark Room 1

* Small Dark Room 2

e Small Boomy Room

Halls
e LargeNatura Hall 1

e Large Natura Hall 2

e Large Natural Hall 3

e Large Natura Hall 4

e Large Natura Hall 5

e Large Natural Hall 6

e Large Dense Hall
 Large Sparse Hall

e Medium Natural Hall 1
* Medium Natural Hall 2
* Medium Natural Hall 3
e Medium Natural Hall 4
* Medium Dense Hall

* Small Natural Hall 1

* Small Natural Hall 2

Theaters
e Large Theater 1

e Large Theater 2
* Medium Theater 1
e Medium Theater 2
e Small Theater 1
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* Small Theater 2

Churches
 Large Natural Church 1

e Large Natural Church 2

e Large Dense Church
 Large Slap Church

* Medium Natural Church 1
* Medium Natural Church 2
* Medium Dense Church

e Small Natural Church 1

» Small Natural Church 2

Cathedrals
* Natural Cathedral 1

* Natural Cathedral 2
* Natural Cathedral 3
e Dense Cathedral 1
* Dense Cathedra 2
e Slap Cathedral

Plates
e Large Natura Plate

e Large Bright Plate
 Large Synthetic Plate
* Medium Natural Plate
e Medium Bright Plate
* Small Natural Plate

» Small Bright Plate

Springs

» Guitar Amp Spring 1
e Guitar Amp Spring 2
 Guitar Amp Spring 3
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 Guitar Amp Spring 4
 Guitar Amp Spring 5
e Guitar Amp Spring 6
 Studio Spring 1

* Studio Spring 2

e Studio Spring 3
 Studio Spring 4

» Dense Spring 1

e Dense Spring 2

» Resonant Spring

* Funky Spring 1

e Funky Spring 2

» Funky Spring 3

» Funky Spring 4

Chambers
e Large Chamber 1

e Large Chamber 2
 Large Chamber 3
e Large Chamber 4
e Large Chamber 5
 Large Chamber 6
* Medium Chamber 1
* Medium Chamber 2
* Medium Chamber 3
* Medium Chamber 4
* Medium Chamber 5
* Small Chamber 1
* Small Chamber 2
e Small Chamber 3
* Small Chamber 4
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Ambience

Large Ambience 1
Large Ambience 2
Large Ambience 3
Large Ambience 4
Medium Ambience 1
Medium Ambience 2
Medium Ambience 3
Medium Ambience 4
Medium Ambience 5
Small Ambience 1
Small Ambience 2
Small Ambience 3
Very Small Ambience

Film and Post

Medium Kitchen
Small Kitchen
Bathroom 1
Bathroom 2
Bathroom 3
Bathroom 4
Bathroom 5

Shower Stall

Hallway

Closet

Classroom 1
Classroom 2

Large Concrete Room
Medium Concrete Room
Locker Room
Muffled Room

Very Small Room 1
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» Very Small Room 2
* Very Small Room 3

e Cal
e Car2
e Car3
e Cad
e Ca5
 Phone Booth

e Metal Garbage Can

 Drain Pipe
e TinCan

Large Spaces
e Parking Garage 1
¢ Parking Garage 2
 Parking Garage 3
» Warehouse 1

» Warehouse 2

o Stairwell 1

o Stairwell 2

o Stairwell 3

o Stairwell 4

o Stairwell 5

e Gymnasium

* Auditorium

* Indoor Arena

e Stadium 1

o Stadium 2

e Tunnel

Vintage Digital

» Large Hall Digital

¢ Medium Hall Digital
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 Large Room Digita
¢ Medium Room Digital
¢ Small Room Digital

Effects

Mono Slapback 1
Mono Slapback 2
Mono Slapback 3
Wide Slapback 1
Wide Slapback 2
Wide Slapback 3
Multi Slapback 1
Multi Slapback 2
Multi Slapback 3
Multi Slapback 4
Spread Slapback 1
Spread Slapback 2
Mono Echo 1
Mono Echo 2
Mono Echo 3
Wide Echo 1
Wide Echo 2
Multi Echo 1
Multi Echo 2
Prism

Prism Reverse
Inverse Long
Inverse Medium
Inverse Short
Stereo Enhance 1
Stereo Enhance 2

Stereo Enhance 3
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Spaceisan AAX format convolution reverb plug-in that is available in DSP, Native, and AudioSuite for-
mats. Space was designed to be the ultimate reverb for music and post-production applications. By combin-
ing the sampled acoustics of real reverb spaces with advanced DSP algorithms, Space offers stunning real -
ism with full control of reverb parametersin mono, stereo, and surround formats.

Space supports 44.1 kHz, 48 kHz, 88.2 kHz, and 96 kHz sample rates.

Space works with mono, stereo, and mono-to-stereo formats. With Pro Tools HD, Space aso supports
Quad, 5.0, mono-to-Quad, stereo-to-Quad, mono-to-5.0, and stereo-to-5.0 multichannel formats.

Presat Auto
<factory defauit> WEW  Bypass
PSS cOMPARE  SAFE Native

(@5

REVERB

Space plug-in
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Space Feature Highlights

Space features let you create the best reverb effect
in the shortest possible time.

Reverb Features

» Mono, Stereo, Quad, and 5.0—channel output
support

» Multiband EQ

« Independent wet/dry and decay levels
 Separate reverb early and late levels and length
e Control of early size, low-cut, and balance

* Predelay and late delay controls

* Precise control of low, mid, and high decay
crossover

» Adjustablewaveform reverse, displayed in beats
per minute

« Waveform processing bypass

Interface Features

« Full waveform view, zoom, and channel high-
light functions

 On-screen input and output metering with clip
indicators

* Impulse response information display

Impulse Response (IR) Loading
and Organization Features

e Scrollable IR browser makes finding impulse
responses easy

« Browser supports user-defined IR groups on any
local drives

» Browser keyboard shortcuts
* IR favorites function

¢ Automatically recognizes common IR formats
for one click loading
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* Quick browser buttons allow rapid IR loading
and preview

Automation and Ease of Use
Features

* Snapshot mode supports rapid changes between
ten predefined reverb scenes

« Picture preview mode alows you to view image
files stored with impul se responses

* Impulse responses stored directly in Pro Tools
presets and sessions for easy session sharing

» New impulse responses can be copied to system
and loaded without closing Space

« iLok support for quick and easy relocation to
other Pro Tools systems

Surround and Post-Production
Features

« Full input and output surround metering on
screen at all times

 Separate front, center, and rear levels
* Independent front and rear decay

 Snapshot mode ideal for post automation
reguirements

 Seamless snapshot switching
¢ Automatic phantom channel creation

IR Library

* A wide variety of both real and synthetic reverb
spaces and effects

* Mono, stereo, and surround formats

« All reverb impul se responses stored in WAV file
format
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Space Overview

The following sections provide information on the
concepts of reverb and convolution reverb.

Reverb Basics

Reverberation is an essential aspect of the sound
character of any space in the real world. Every
room has a unique reverb sound, and the qualities
of areverb can make the difference between an or-
dinary and an outstanding recording. The same re-
verb principles responsible for the sound of ama-
jestic, soaring symphony in a concert hall also
produce the booming, unintelligible PA system at a
train station. Recordings of audio in the studio con-
text have traditionally been captured with amini-
mum of real reverb, and engineers have sought to
create artificial reverbsto give dry recorded mate-
rial additional dimension and realism.

The first analog reverbs were created using the
‘echo chamber’ method, which consists of a
speaker and microphone pair in aquiet, closed
space with hard surfaces, often atiled or concrete
room built in the basement of arecording studio.
Chamber reverbs offered arealistic, complex re-
verb sound but provided very little control over the
reverb, aswell asrequiring alarge dedicated room.

Plate reverbs were introduced by EMT in the
1950s. Plate reverbs provide a dense reverb sound
with more control over the reverb characteristics.
Although bulky by modern standards, plate reverb
unitsdid not require the space needed by achamber
reverb. Plate reverbs function by attaching an elec-
trical transducer to the center of athin plate of sheet
metal suspended by springsinside asoundproof en-
closure. An adjustable damping plate allows con-
trol of thereverb decay time and piezoel ectric pick-
ups attached to the plate provide the return reverb
signal to the console. An alternative and less ex-
pensive analog reverb system is the spring reverb,
most commonly seeninguitar amplifiersbeginning
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in the 1960s. Similar to the plate reverb in opera-
tion, the spring reverb uses atransducer to feed the
signal into a coiled steel spring and create vibra-
tions. These are then captured viaa pickup and fed
back into an amplifier.

Since the advent of digital audio technology in the
1980s, artificial reverberation has been created pri-
marily by digital algorithmsthat crudely mimic the
physics of natural reverb spaces by using multiple
delay lines with feedback. Digital “synthetic” re-
verb units offer a new level of realism and control
unavailable with older analog reverb systems, but
still fall short of the actual reverb created by areal
space.

Components of Reverb

Reverberation sound in anormal space usually has
several components. For example, the sound of a
single hand clap in alarge cathedral will have the
following distinct parts. The direct sound of the
hand clap is heard first, asit travels from the hand
directly to the ear which isthe shortest path. After
the direct sound, the first component of reverb
heard by alistener is reflected sound from the
walls, floor, and ceiling of the cathedral. The tim-
ing of each reflection will vary on the size of the
room, but they will always arrive after the direct
sound. For example, the reflection from the floor
typically occursfirst, followed by the ceiling and
thewalls. Theinitial reflectionsare known asearly
reflections, and are a function of the reflective sur-
faces, the position of the audio source and therela-
tive location of the listener.

A small room may have only afraction of asecond
before the first reflections, whereas large spaces
may take much longer. The elapsed time of the
early reflections defines the perceived size of the
room from the point of view of alistener. Space of-
fers various controls over early reflection parame-
ters.
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The time delay between the direct sound and the
first reflection is usually known as pre-delay.
Space lets you adjust pre-delay. Increasing the
pre-delay often changes the perceived clarity of au-
dio such asvocals.

Reflections continue as the audio reaches other sur-
facesin aspace, and they create morereflectionsas
the sound waves intermingle with one another, be-
coming denser and changing in character depend-
ing on the properties of the room. Asthe room ab-
sorbs the energy of the sound waves, the reverb
gradually dies away. Thisis known asthe reverb
tail and may last anywhere up to aminute in the
very largest of spaces.

The reverb tail will often vary at different frequen-
cies depending on the space. Cavernous spaces of -
ten produce abooming, bassy reverb whereas other
spaces may have reverb tails which taper off to pri-
marily high frequencies. Space allowsfor equaliza-
tion of the frequencies of the reverb tail in order to
adjust the tonal characteristics of the reverb sound.

A reverb tail is often described by thetimeit takes
for the sound pressure level of the reverb to decay
60 decibels below the direct sound and isknown as
RT60. Overall, Space lets you adjust the decay as
desired. For surround processing, decay can be ad-
justed for individual channel groups.
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Space Convolution Reverb

Convolution reverb goes beyond traditional analog
and synthetic digital reverb techniquesto directly
model the reverb response of an actual reverb
space. First, animpulse response (IR) istaken of an
actual physical space or atraditional reverb unit.
An R can be captured in mono, stereo, surround, or
any combination. The IR, as displayed by Space,
clearly showsthe early reflections and the long de-
cay of thereverb tail.

ORIGINAL

Impulse Response sample

Space uses a set of mathematical functionsto con-
volvean audio signal with the IR, creating areverb
effect directly modeled on the sampled reverb
space. By using non-reverb impul se responses,
Space expands from reverb applicationsto agen-
eral sound design tool useful for many types of au-
dio processing.

The downside of traditional software based convo-
Iution reverbs has been the heavy CPU processing
reguirement, which can result in convolution re-
verbs with unacceptable latency. Many early soft-
ware convolution reverbs did not offer adequate
control over traditional reverb parameters such as
Pre Delay, EQ, or decay time.

Space redefines reverb processing in Pro Tools by
offering zero and low latency convolution with the
full set of controls provided by traditional synthetic
reverbs.
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Space System Design

Space uses advanced DSP algorithms to deliver convolution reverb processing.

Thefollowing figure showsthe internal system design of Space and demonstrates how Space processesthe
audio signal.

Audio In

Audio Out

Space internal system design

The impulse computer is an internal module of Space that provides extensive control over the currently
loaded impulse response waveform. When you adjust the parameters shown below, the IR is automatically
recalculated by the impul se computer and reloaded into the convolution processor.
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Thefollowing figure showstheinternal functionsof theimpulse computer asit processes the waveform and
loads it into the convolution processor.

Early Processing Late Processing

Space internal functions of the impulse computer
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Impulse Response (IR) and
Space

This section covers aspects of impulse response
(IR) and Space.

IR Processing Control Lag

Adjusting some controls in Space requires the im-
pulse computer to recalculate the waveform and re-
load it into the convolution processor. This opera-
tion uses DSP and host processing capacity. When
this occurs, some control lag may be experienced.
This should be kept in mind if controls are being
automated in real time during a session.

How Impulse Responses Are
Captured

An IR of an actual physical spaceis captured using
acombination of an impulse sound source and cap-
ture microphones. The sound source is used to ex-

citethe physical spaceto createareverb, and can be
astarter pistol or afreguency tone played through a
speaker. The microphones can be placed in various
configurations. The resulting IR is then processed

to create adigital representation of both the physi-
cal space, potentially colored by the sound source

and the type of microphone used.

Similarly, an IR of a hardware effects unit can be
captured by sending atest pulse through the unit
and capturing the result digitally. In addition to re-
flecting reverb or delay characteristics, an IR also
reflectstonal character and can be used for avariety
of effects beyond pure reverb applications.

Depending on the capture technique used, the IR
may be suitablefor use with mono, stereo, surround
or acombination of those formats. For example, a
capture setup with a single sound source and two
microphonesisidea for amono-to-stereo IR.
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Multiple IRs may be taken of a physical space
where the sound source has been moved to differ-
ent physical locations. Each resulting IR may be
used to create individual reverbs for separate in-
struments. This effectively allows an engineer to
place eachinstrument inthereverb sound field asif
the instruments were physically arranged in the
space.

Space IR Library Installation

Y ou can download IR Librariesfrom Avid's Space
Online IR Library. For more information on down-
loading and installing IR Libraries from the Space
Online IR Library, see “Installing Space IR Pack-
ages’ on page 207.

Using Third-Party IRs in Space

Space reads a wide range of IR formats automati-
cally, including WAV and AIFF file formats, al-
lowing you to import a variety of IRs. Space sup-
ports IR sampleratesfrom 22 kHz up to 96 kHz in
bit depths from 16 to 32 bits. In addition, Space
supports the display of JPEG format picture files
stored with IRs.

To use third-party IR libraries with Space:

1 InthelR Browser, select Edit > Import Other IR
Folder.

2 Locate and select thelibrary on your hard drive.

3 Click Choose.
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Space Multichannel IR Formats

Space supports IRs in multichannel or multiple
mono audio files. IRswith asingleinput are used
for mono or summed stereo processing and can be
stored as a single interleaved multichannel file, or
asmulti-mono files. IRswith stereo inputs used for
true stereo processing must be stored as multi-
mono files.

The following table shows Space IR channel for-
mats.

Channel

Order File Format

Input Output

Mono Mono — Mono file

Mono Stereo LR One 2-channel

file or two
mono files
Mono Quad LRLsRs One 4-channel
file or four
mono files
Mono 5.0 LCRLs One 5-channel
Rs file or five
mono files
Stereo Stereo LR Four mono files
Stereo | Quad LRLsRs Eight mono
files
Stereo | 5.0 LCRLs Ten mono files
Rs
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For multi-mono files, Space understands the fol-
lowing filename conventions, based on those used
by Pro Tools. The filename format is based on the
impul se name plus two suffixes which indicate in-
put and output channels as follows:

Impulsename.inputchannel.outputchannel.type

* Impulsenameisthe name of theimpulse. Mixing
multiple IR files with the same Impulsenamein
the same folder is not supported.

« Inputchannel refers to the number of sources
used for theimpulse, starting at the number 1. An
IR captured in true stereo will usually have two
input channels numbered 1 and 2. If thereisonly
oneinput channel, then inputchannel is optional
and can be omitted. Also, instead of using num-
bers 1 and 2, the inputchannel can be designated
asL andR.

* Outputchannel refersto the microphones used to
capture the impul se, and corresponds to your stu-
dio monitors. outputchannel is designated using
thestandard L, C, R, Lsand Rs extensions.

e Typeisoptionally .WAV or AIFF. For best per-
formance, filenames should aways be suffixed
with type to avoid Space having to open thefile
to determine audio format.
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The following examples show how various multi-
mono IR files could be named.

Stereo to Stereo IR
Cathedral.1.L.wav
Cathedral.1.R.wav
Cathedral.2.L .wav
Cathedral.2.R.wav

Stereo to 5.0 IR
Cathedral.1.L.wav

Cathedral.1.C.wav
Cathedral.1.R.wav
Cathedral.1.L swav
Cathedral.1.Rs.wav
Cathedral .2.L .wav
Cathedral.2.C.wav
Cathedral.2.R.wav
Cathedral .2.Lswav
Cathedral.2.Rs.wav

Mono to Quad IR
Cathedra.L.wav

Cathedral.R.wav
Cathedral.Ls.wav
Cathedral .Rs.wav

Stereo to Quad IR
Cathedral.1.L.wav

Cathedral.1.R.wav
Cathedral.1.L swav
Cathedral.1.Rs.wav
Cathedral .2.L .wav
Cathedral.2.R.wav
Cathedral .2.Lswav
Cathedral.2.Rs.wav
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Channel Compatibility and
Space

Space works best with IRs that match your current
channel configuration. For example, if Spaceisin-
stantiated in amono to stereo configuration, stereo
IRswill be highlighted in the IR browser. The IR
information in the display area shows how many
inputs and outputs an IR has. For example, an IR
listed as 2 input 4 output is a stereo to quad IR.

If an IR isloaded that doesn’t match the current
configuration, Space will try to create the best pos-
siblematch with the IR provided. For example, if a
stereo IR isloaded into a mono instantiation of
Space, Spacewill sumtheleft and right channelsin
order to mimic a stereo reverb with both channels
panned to mono.

If an IR isloaded that ismissing arequired channel,
Space will automatically create aphantom channel
for the IR if needed. For example, if astereo IR is
loaded into a quad instantiation, Space will com-
pute left and right surround channels automatically
based on the existing channels. If aquad IR is
loaded into a 5.0 channel instantiation, Space will
compute a phantom center from the front left and
right channels. Phantom channels are indicated by
comparing the IR information displayed in the dis-
play areato the number of channelsin use. For ex-
ample, a2 input 4 output IR used with a5.0 output
instantiation of Space will automatically have a
phantom center channel created.

200



Space Presets

Space supports the Pro Tools Plug-In Librarian.
When an IR fileisloaded, all controls remain at
their current positions, asthe IR file only contains
the audio waveform. By default, presets contain
both the IR waveform and control settings and can
be saved asrequired so that specific control settings
can be retained for future sessions. If you save pre-
sets without embedding the IR waveform, be sure
that you include the IR waveform with the session
when transferring the session between different
Pro Tools systems.

There are two important items to note about using
presetsin Space:

* Space presets do not store information for the
Wet and Dry level controls. Thisisto enableyou
to change presets without losing level informa-
tion. Likewise, the Pro Tools Compare function
is not enabled for these controls.

* A Space preset only includes the currently se-
lected snapshot.

A IRfiles are audio files only and do not con-
tain information about Space control set-
tings. If you wish to save specific control set-
tingsfor an IR, you should save them using
the Pro Tools Plug-In Librarian or using the
snapshot facility of Space.

Space Snapshots

In addition to presets, Space lets you manage a
group of settings, called snapshots, that can be
switched quickly using a single, automatable con-
trol. Each snapshot contains a separate IR and set-
tings for all Space controls.
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IRs in a snapshot have been pre-processed by the
impul se computer and can be loaded instantly into

the convolution processor. Snapshots are useful,

for example, in post production mixes when the re-
verbischanged for different scenes viaautomation
as the picture moves from one scene to another.

Embedding IRs in Sessions, Presets, and
Snapshots

By default, all IR and snapshot info used by Space
(including up to ten IRS) is saved in the Pro Tools
session file. Likewise, plug-in presets contain a
saved copy of the IR and settingsin the currently
selected snapshot. Session and preset file sizeswill
increase as Space stores each IR waveform inside
the file. This provides maximum compatibility be-
tween different Pro Toolssystemswithout the need
for them to haveidentical IR libraries.

IR embedding can be disabled in Space’s Prefer-
ences. If IR embedding is disabled, Space stores
only areference to the name of the IR file. When
the session is transferred to a different system,
Space attempts to load the matching IR file from
the Space IR library. For maximum compatibility,
ensure that all of the appropriate IR files are avail-
able on the new system.

When working with an IR that only existsin a ses-
sionfile, ensureit is saved to aseparate snapshot or
preset. If the IR isoverwritten by loading anew IR
and the session is saved, the original IR cannot be
recovered without accessto the original IR file.

Q By default, Pro Tools presets or session files
" created using Space automatically include
copiesof all relevant IRwaveforms. Thispro-
vides maximum compatibility of session files
between different Pro Tools systems.

A\ 'tisyour responsibility to ensurethat you ob-
servethecopyright onany IRtransferredtoa
third party in this fashion.
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Space Controls and Displays

The Space interface is divided into the following sections:

1 Display area (See “ Space Display Ared’ on page 203.)

2 IR Browser (See “ Space IR Browser” on page 206.)

3 Primary controls (See “ Space Primary Controls’ on page 208.)

4 Group Selectors and Controls (See “ Space Group Selectors and Controls’ on page 209.)

REVERB

IMPUT

).0dB

The Space interface
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Space Display Area

Thedisplay area of Space operatesinthefollowing
four modes, indicated by the Display Mode selec-
tors at the top right hand corner of the Space win-
dow:

» Waveform mode

* Picture Preview mode
* Snapshot mode

* Preferences mode

Y
&
o]
o

Display Mode selectors

The Display area changes based on the selected
mode.

Info Bar

At al times, the Info bar at the bottom of the dis-
play areawindow showsthefollowing controlsand
information.

Info bar

Snapshot Menu A pop-up menu allowing quick se-
lection or automation of a snapshot.

IR Name Displays the folder and file name of the
currently loaded IR.

Quick Browser Controls The Quick browser con-
trolsallow theR to be quickly changed even when
the IR browser is closed, automatically loading
each IR sequentialy. The Waveform icons step
backwards and forwards through | Rs and automat-
icaly load the IR file. The Folder icons step back-
wards and forwards through folders. The Quick
browser requires an IR to be currently loaded from
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the IR browser. If no such IR isloaded (for exam-
ple, the IR in use has been loaded from a preset or
session but does not exist in the IR browser), the
Quick browser controls are inoperative.

Space Waveform Mode

Waveform mode is selected using the Waveform
icon at the top of the Space window.

Waveform mode displaysthe IR waveform along a
horizontal axis marked in seconds and the vertical
axis marked in amplitude. The early section of the
waveform is highlighted in alighter color. In addi-
tion, the channel selector highlights the current
channel in the waveform.

IR information such as sample rate and number of
input and output channelsis displayed at the bot-
tom right of the waveform.

ORIGINAL

Display area, Waveform mode

The controls in Waveform mode function as fol-
lows:

Original Bypasses all waveform processing, allow-
ing theoriginal IR to be auditioned. Thiscontrol ef-
fectively bypasses the processing in the IR com-
puter as shown in the system diagram.
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Channel Selectors Displaysfrom oneto five chan-
nels (in the order Left, Center, Right, Left Sur-
round, Right Surround). Click the desired channel
to display the IR waveform for that channel. In
Mono mode, no channel selector is displayed.

Zoom Zooms in and out on the time axis for the
waveform display.

Space Picture Preview Mode

Picture Preview mode is selected using the Picture
Preview icon at thetop of the Space window. When
selected, Picture Preview mode shows pictures as-
sociated with the IR. For an IR provided with
Space, thiswill usually include a photograph of the
location, and an image with technical details such
as microphones used or an overview of the micro-
phone setup. Thumbnails of images are displayed
in the right hand column. In this mode, the IR
browser can be used to view the associated pictures
without loading the IR itself.

Display area, Picture Preview mode

Space Snapshot Mode

Snapshot mode is selected using the Snapshot icon
at the top of the Space window. Space provides up
toten snapshotsthat are available at all times. Each
snapshot stores a separate IR waveform and all

control settings. Snapshots are optimized for quick
loading into the convolution processor, and switch-
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ing between snapshotsis considerably faster than
loading a new IR. Snapshot mode allows al ten
snapshots to be viewed as well as the option to se-
lect, rename, copy, paste, and clear snapshots.

The name of the currently selected snapshot is al-
ways displayed in the Info bar at the bottom of the
display area, and can be automated. This letsyou
switch reverb settings during playback and is use-
ful for post production sessions where the reverb
setting may change as the scene changes.

Display area, Snapshot mode

The active snapshot can be selected in one of two
ways. At any time, a snapshot can be selected by
using the snapshot menu in the Info bar. Alterna-
tively, when thedisplay areaisin Snapshot mode, a
snapshot can be selected by clicking the selection
area next to the snapshot name.

Select Lets you select which snapshot is currently
loaded.

Name Displays the name of each snapshot. By de-
fault, snapshots are named “ Snapshot 1" through
“Snapshot 10.” Snapshots can be renamed by click-
ing on the snapshot name and entering a new name
followed by the Enter key (Windows) or the Return
key (Macintosh).

Sample Path Displays the name of the IR selected
for each snapshot.

Copy Copies the currently selected snapshot set-
tingsinto aclipboard.
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Paste Pastes the clipboard into the currently se-
lected snapshot. Note that the name of the existing
snapshot isnot changed by pasting anew snapshot,
in order to avoid duplicate snapshot names.

Clear Clearsthe IR from the currently selected
snapshot.

Space Preferences Mode

Preferences mode is selected using the Preferences
icon at the top of the Space window. Thisdisplays
anumber of preferences settings for Space.

PREFERENCES

Embed IRs in preset and session files

Installed IR packages SHOW LIS’

Display area, Preferences mode

Embed IRs in Preset & Session Files Enables or
disablesthe embedding of IR waveformsin presets
and session file. By default, thisis enabled.

Installed IR Packages Displaysalist of installed
Space IR packages and their versions.

Chapter 31: Space

Space Meters

The Meters display the amplitude of the incoming
and outgoing audio signal sby channel. The number
of meters shown will depend on the number of in-
put and output channels. I nput meters may be mono
or stereo, and output meters may be mono, stereo,
quad, or 5.0 channels. Each meter is marked as ei-
ther mono, left, right, center, left surround, or right
surround. A logarithmic scale marked in decibels
and momentary peaks are also displayed on the me-
ter.

Meters, stereo input to 5.0 output shown

Thered Clip indicators at the top of the metersin-
dicate clipping on the corresponding channel.
When achannel hasclipped once, the clip indicator
remains lit and additional clipswill be shown by a
variation inthe color of theindicator. Theclip indi-
cator for al channels can be cleared by clicking on
any clip indicator, or selecting Track > Clear All
Clip Indicators in Pro Tools, or pressing Option+C
(Mac) or Alt+C (Windows).
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Space IR Browser

The IR browser lets you quickly and easily install,
locate, and organize IRs on local hard drives. The

Load and Edit buttonsin the IR browser let you in-
stall and import IRs, create Favorites, and change

the IR groups displayed.

Space automatically highlights each IR that
matches the current channel configuration. For ex-
ample, when using a Space Stereo to Quad inset,
each IR with that configuration is highlighted. Im-
pulses that are not highlighted can still be loaded,
and Space tries to adapt the IR to the current chan-
nel format (see"” Channel Compatibility and Space’
on page 200).

IR Browser

An IR can be loaded by double clicking with the
mouse, or using the Load button displayed at the
top of the IR browser drawer. The currently loaded
IR is highlighted with a small dot next to the file
name in the browser.

Chapter 31: Space

The IR browser can be operated using the follow-
ing shortcuts. When the IR browser has keyboard
focus, ablue highlight isdisplayed around the edge
of the browser window.

IR Browser Shortcuts

Browser Arrow Keys
Navigation
Load IR Enter (Windows)
Return (Macintosh)
Openl/close | Alt-click (Windows)
all folders Option-click (Macintosh)
Edit menu Right-click (Windows or Macintosh)
Control-click (Macintosh)
Return key- | Escape key
boardfocus
to Pro Tools

ThelR browser letsyouinstall andimport new IRs.
Each IR folder reflects afolder on the hard drive.
When importing anew IR folder, astandard file di-
alog will be displayed to enable the user to choose
the folder that contains the desired IR.

The IR browser also provides a Favorites folder,
which isauser defined group of linksto IRsin the
IR browser. Favorites can be sorted in any desired
order by dragging and dropping them as required.
In addition, folders can be created in Favorites us-
ing the ‘New Folder in Favorites' function in the
Edit menu.

To add an IR file or folder to the Favorites folder:

1 InthelR browser, select the desired IR file or
folder.

2 FromthelR browser’s Edit menu, select Add to
Favorites.
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Space IR Browser Edit Menu

ThelR browser’ s Edit menu containsthefollowing
commands:

Download Space IR Package Opens a Web
browser to the Space online IR library.

Install Space IR Package Installsanew IR pack-
age downloaded from the Space online library (see
“Installing Space IR Packages’ on page 207).

Import Other IR Folder Letsyou import anew IR
folder in common file formats. By default, the new
IR is given the same name as the selected folder.

Remove Imported IR Folder Letsyou remove the
currently selected IR folder.

Rename Imported IR Folder Lets you rename the
currently selected IR folder.

Add to Favorites Addsthe currently selected IR to
the Favorites group at the top of the browser win-
dow.

New Folder in Favorites Creates afolder in the Fa-
vorites group. Favorite IRs can be dragged and
dropped into the folder.

Rename Favorites Folder Lets you rename the
currently selected Favorites folder.

Remove from Favorites Removesthe currently se-
lected IR from the Favorites group. This function
only removesthe link in the Favorites group and
does not remove the origina IR file from the sys-
tem.

Reset to Default IR Library Resets Spaceto the de-
fault library. This also removes any user imported
IR folder, but does not affect the Favorites folder,
or IR packages installed from the Space online IR
library.
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Rescan for Files Forces Space to check the hard
drivefor new IRs. Thisistypicaly required if new
IR files have been copied to the hard drive. Using
the Rescan for Files command loads new IRs into
Space without needing to close Space or the

Pro Tools session.

A Space may pause briefly while it scans the
hard drivesto locate IRs or if all foldersare
opened at once. The amount of time taken is
proportional to thenumber of foldersand IRs
scanned.

Installing Space IR Packages

Additional IR packagesfor Space are available for
registered users to download from the Space On-
line IR Library at:

www.avid.com/tlspace/impul selibrary/

These package files are supplied in alossless com-
pressed format.

To install a Space IR package:

1 Inthe Space IR browser, select Download IR
Package from the Edit menu. Your default Web
browser launches and loads the Avid Space On-
line IR Library website.

2 Click Download

3 Loginusing your email address and password.
You may need to create a new account if you
have not yet registered Space.

A\ Todownload IR packages from the Space
Online IR Library, you must first register
with Avid and create an online profile.

4 Click Continue.
5 Click Download for the IR package you want.

6 In Space, select Install Space IR Package from
the Edit menu.
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7 Intheresulting dialog, locate and select thefile .
you downloaded. Space Primary Controls

8 Click Choose. Theprimary control groupisvisibleat all timesand
alows control of key reverb parameters. Thisin-

9 Click Installtoinstall the IR package. A window cludes the wet and dry levels of the audio passing
is displayed with the results of the ingtallation. through Space.

ThelR browser in Space updatestoincludethe new
IR.

If a problem occurs with the IR installation, Space
displays an error message. Review the log file
stored in the Space IR library for further details.
Each IR package has a version number, and Space
warns you if an IR package has already been in-
stalled.

The details of al installed IR packages can be re-
viewed using the Show Packages option in Prefer-
ences mode.

Space primary controls

Reset Resets all Space parameters except Wet,
Dry, and Input and Output Level.

Wet Controlsthe level of wet or effected reverb
signal, from —inf dB to +12 dB.

Dry Controlsthe level of dry or unaffected reverb
signal, from —inf dB to +12 dB.

Decay Controlsthe overall decay of the IR wave-

form and is displayed as a percentage of the origi-
nal. When Decay is adjusted, the waveformisre-

calculated in real time.
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Space Group Selectors and
Controls

Space presents reverb controlsin five different
groups. Each group is activated by selecting the
corresponding selector.

REVERB

Group Selectors

Space Level Controls

The Levelsgroup provides control of theoveral in-
put and output of the reverb, including individual
controlsfor early and late reflections, and indepen-
dent front, rear, and center levels for surround out-
puts.

REVERB

INPUT SUTPUT

Level controls (5.0 shown)

Input Cuts or boosts the input signal level from
—inf dB to +12 dB.

Output Cuts or boosts the output signal level from
—inf dB to +12 dB.

Early Cuts or boosts the levels of the early reflec-
tions from —inf dB to +12 dB.

Late Cutsor booststhelevelsof the late reflections
from —inf dB to +12 dB.
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Front/Rear/Center In quad and 5.0 channel output
modes, Space provides additional controlsto atten-
uate or boost the Front (left and right), Rear (left
and right), and Center (5.0 only) signal levelsfrom
—inf dB to +12 dB. In 5.0 output mode, the level of
the center channel isaffected by both the Front and
Center controls.

Space Delay Controls

The Delays group provides controls for the delay
timings of the reverb. When changes are made to
any control inthe Delaysgroup, theIRwaveformis
recalculated and displayed in the Waveform dis-

play.

LEVELS AYS REVERB

Delay controls (5.0 shown)

Pre Delay Adjusts length of the Pre Delay from
—200 to +200 ms. The Pre Delay is the time be-
tween the direct sound and the first reflection. In-
creasing the Pre Delay often changesthe perceived
clarity of audio such asvocals. Pre Delay adjusts
thedelay of the overall impulseand affectsboth the
Early and Late portions of the IR equally.

Pre Delay can be set to negative valuesto allow for
subtle or radical changes to the reverb. For exam-
ple, asmall negative Pre Delay setting can be used
to eliminate the early portion of an IR. A large neg-
ative Pre Delay setting lets you use the very end of
areverb tail for creative sounds not possible with
standard reverbs.
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Late Delay Adjusts length of the Late Delay from
zero to +200 ms. The Late Delay is the time be-
tween the Early Reflections and the L ate Reflec-
tions or tail of the reverb.

Increasing the Late Delay control from zero alows
thereverb tail to be delayed so that it does not start
immediately after the early portion of the IR. As
LateDelay isincreased, thereverbtail startslaterin
time and makes the reverb space sound larger.
Large amounts of late delay can be used to achieve
creative effects not possible with standard reverbs.

Front/Rear/Center Delay In quad and 5.0 channel
output modes, adjustslength of the Front, Rear, and
Center Delays independently from zero to +200
ms.

Space Early Section Controls

The Early group controlsthe character of the early
portion of the IR and the early reflections. The pri-
mary control isEarly Length which definesthesize
of the early portion of the IR waveform. When
loadingan IR fromanaudiofile, Spacereliesonthe
user to define which part of the IR isthe early por-
tion of the waveform. By default, the Early length
isset to 20 ms.

LEVELS REVERB

LENGTH

Early controls
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Theearly portion of the|R waveformishighlighted
in the Waveform display. If Early length is set to
zero, then the Early setting have no effect on the au-
dio. Otherwise, when changes are made to any con-
trol in the Early group, the IR waveform is recal cu-
lated and displayed in the Waveform display.

LEMGTH SIZE LOCUT  BALAMCE

Early controls indicated in IR waveform

Length Adjusts the length of the Early reflections
from zero to 500 ms. When set to zero, other con-
trolsin the Early group have no effect on the audio.
The Early Length control adjusts the point in the
impulse where the early portion ends and the late
portion or tail begins.

For the most redlistic reverb results, Early Length
should be adjusted while viewing the waveform
display. Theearly portion of areverb IR istypicaly
seen as a series of discrete spikes at the beginning
of the waveform. Early Length can however be ad-
justed to any value to explore other creative possi-
bilities.
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Size Changesthesize of the Early reflections, from
50% to 200%. Early Size expands or contracts the
reflectionsin the early portion of the IR (as speci-
fied by the Early Length control). Reducethe Early
Size to give the space a smaller, tighter sound. In-
crease the Early Size to give the space alarger,
roomier sound.

Lo Cut Early Lo Cut controls the frequency of a
highpassfilter applied to the early portion of the IR
(as specified by the Early Length control). The de-
fault setting of zero disablesthe highpassfilter. As
the control is set to a higher value, the corner fre-
quency of the highpass filter isincreased. Use this
control to reduce boom and low frequency cancel-
lations that can happen when mixing the reverb
output with adry signal.

Balance Early Balance controls the left/right gain
balance of the early portion of the IR (as specified
by the Early Length control). Adjust the Balance to
control the apparent position of thereverb input in
thestereo image. A negative valuereducestheright
channel gain. A positive value reduces the left
channel gain.

A\ WhenloadinganIRfromanaudiofile, Space
relies on the user to define which part of the
IRistheearly portion of the waveform. If the
Early Length is set to zero, controlsin the
Early group will not affect the IR.
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Space Reverb Section Controls

TheReverb group offersalow and high shelf EQin
addition to width and balance controls. The EQ op-
erates prior to convolution processing.

LEVELS

GAIN  HIFREQ  HIGAIN  WIDTH

2.0kHz

Reverb controls

Lo Freq Adjusts the frequency of alow frequency
filter from 20 to 500 Hz.

Lo Gain Cutsor booststhefrequency setinLo Freq
from-15 dB to +15 dB.

Hi Freq Adjusts the frequency of a high frequency
filter from 500 Hz to 20 kHz.

Hi Gain Cutsor booststhe frequency set in Hi Freq
from —15 dB to +15 dB.

Width Increase or reduces the stereo spaciousness
of thereverb. Use this control to tailor the reverb’s
characterinamix. Keepinmind that an IR that has
little stereo separation to begin with may have lim-
ited results.

Balance Controls the balance of the reverb output.
Usethiscontrol to balance areverb froman IR that
has been captured without a centered stereo image,
or for creatively controlling the character of there-
verb in amix.

Reverse Reversesthe IR waveform and controls
thetotal length. Asthe IR waveform is recalcu-
lated, it isre-displayed in the Waveform display.
The value shown is measured in Beats Per Minute
to let you easily match the tempo of the music.
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A If the waveformisreversed using the Reverse
control, effected audio may continue to play
for several seconds after the transport is
stopped or audio input finishes.

Space Decay Section Controls

The Decay group controls allow the user to control
the decay of the low, mid, and high frequency por-
tions of the IR. Use the controls to tailor the re-
verb's character for amix or for creative possibili-
ties not found in traditional reverb processors.

LEVELS DELAYS REVERB

Decay controls
Low Decreases or increases the rate at which low
frequencies decay.

Low Xover Adjuststhefrequency point that divides
the IR into low and mid frequency portions.

Mid Decreases or increases the rate at which mid
frequencies decay.

High Xover Adjusts the frequency point that di-
vides the IR into mid and high frequency portions.

High Decreases or increases the rate at which high
frequencies decay.

Front/Rear In quad and 5.0 channel output modes,
Front and Rear independently control the decay for
front and rear channels.

Chapter 31: Space

Using Space

This section addresses some common scenariosin
which Space can be used during a Pro Tools ses-
sion.

Using Space Presets

Space ships with a selection of factory presets for
different reverb sounds. The presetsaredesignedto
giveasample of the various |Rs available from the
Plug-1n Presets selector in conjunction with various
reverb settings. However, the presets do not cover
theentire IR library.

Using Space on an Effect Send

When Spaceisused on an Aux Input track as an ef-
fects send, the Dry control should be set to —inf dB.

Automating Space Snapshots

Snapshot automation is a powerful method of
changing the reverb parameters without having to
individually automate each parameter.

To automate Space Snapshots:

1 Insert Space on atrack.
2 Select Snapshot mode.

3 Load an IR into each Snapshot and make any de-
sired changes to specific Space controls.

4 Name each Snapshot as desired.
5 Click Auto.
6 Add Snapshot to the list of automated controls.

7 Select Space > Snapshot from the automation
menu for the track.

8 Draw the desired automation on the track with
the Pencil tool. The names displayed in the auto-
mation track will match the names entered for
each Snapshot.
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Space IR Library Categories

Space includes an extensive impulse response library, divided into the following categories.

Category Description

Halls Halls and auditoriums

Churches Churches and chapels

Rooms Large and small rooms

Chambers Traditional studio reverb chambers
Plates Classic electromechanical reverb plates
Springs Classic electromechanical reverb springs

Digital Reverbs

Classic and contemporary digital reverb units

Post Production

Post production impulses

Tiny Spaces

Small reverbs from everyday objects

Pure Spaces

A selection of Pure Space impulses in multiple categories

Effects Non-reverb effects for sound design in multiple categories
» Colors Sound coloring and positioning
* Cosmic Spacey smears and washes

* Impressions

Smears and washes that evoke an image

¢ Industrial

Heavy machinery

¢ Periodic table

Better living through chemistry
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Part VI: Delay Plug-Ins



Chapter 32: Mod Delay 111

Mod Delay |11 provides mono, multi-mono, mono-
to-stereo, and stereo modulating delay effects.

Mod Delay Il isavailablein DSP, Native, and Au-
dioSuite plug-in formats.

Mod Delay |11 supports 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

Mod Delay Ill Controls

Mod Delay |11 provides separate sectionsin the
plug-in window for Input and Output metering, De-
lay and Modulation controls, and for the Wet/Dry
Mix control. Stereo and mono-to-stereo versions
provide meters and controls for each channel. De-
lay, Modulation, and Mix controls for stereo and
mono-to-stereo instances of Mod Delay 11 can be
linked, or can be operated independently.

RATE DEPTH
0.00Hz | 0%

TEMPO

MOD DELAY I

Mod Delay Il
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Input

Input Meters

The Input meters show peak signal levels before
processing:

Dark Blue Indicates nominal levelsfrom —INF to

-12 dB.

Light Blue Indicates pre-clipping levels, from
-12dB to 0 dB.

Red Indicates clipping.

Phase Invert

The Phase Invert button at the top of the Input sec-
tion inverts the phase (polarity) of the input signal,
to help compensate for phase anomalies that can
occur either in multi-microphone environments or
because of mis-wired balanced connections.

To enable (or disable) phase inversion on input:

= Click the Phase Invert button so that it is high-
lighted. Click it again sothat it isnot highlighted
to disableit.
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Delay
Link

For stereo and mono-to-stereo tracks, enable the
Link buttonto link the Delay, Modulation, and Mix
controls between the L eft and Right channels. This
option is highlighted when it is enabled.

For mono tracks, this option reads Mono and isdis-
play only.

Delay Time

The Delay Time control sets the delay time be-
tween the original signal and the delayed signal
(from 0.0 msto 5,000.0 ms).

Feedback (FBK)

The Feedback setting controls the amount of feed-
back applied from the output of the delay back into
itsinput (from—100% to 100%). It also controlsthe
number of repetitions of the delayed signal. Nega-
tive feedback settings give a more intense “tunnel-
like” sound to flanging effects.

Low Pass Filter (LPF)

The Low Pass Filter setting controls the cutoff fre-
guency of the Low Pass Filter (from 10 Hz to

22 kHz). Use the L PF setting to attenuate the high
frequency content of the feedback signal. The
lower the setting, the more high frequencies are at-
tenuated. The maximum value for LPF is Off. This
lets the signal pass through without limiting the
bandwidth of the plug-in.

Sync

When Sync is enabled, and a Duration (arhythmic
note value) isselected, the Delay Time setting is af-
fected by the session tempo. When Sync isdis-
abled, and a Duration is selected, the Delay Time
setting is affected by changes to the Tempo setting.
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When Tempo Sync is enabled, the Tempo and Me-
ter controls are uneditable and follow the session
tempo and meter changesinthe Pro Toolstimeline.
The Duration and Groove controls apply regardless
of whether Sync is enabled.

Meter

The Meter setting lets you enter either ssimple or
compound time signatures. The Meter control de-
faults to a 4/4 time signature.

When Sync is enabled, the Meter control isun-
available.

Tempo

The Tempo control setsthe tempo in beats per min-
ute (from 5.00 to 500.00 bpm). This setting isinde-
pendent of the Pro Tools session tempo. When a
specific Duration is selected, moving this control
affects the Delay Time setting.

When Sync is enabled, the Tempo control is un-
available.

Duration

The Duration setting lets you set the Delay Time
based on arhythmic value. Select anote value
(whole note, half note, quarter note, eight note, or
sixteenth note). Additionally, you can select the
Dot or Triplet modifier buttons to dot the selected
note value or make it atriplet. For example, select-
ing a quarter note and then selecting the dot indi-
cates a dotted quarter note, and selecting an eighth
note and then selecting thetriplet indicates atriplet
eighth note.

Duration buttons
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Groove

The Groove control providesfine adjustment of the
delay in percentages of a1:4 subdivision of thebeat
(from —100% to 100%). It can be used to add
“swing” by slightly offsetting the delay from the
precise beat of the track.

Modulation Section

Rate

The Rate control sets the rate of modulation of the
delayed signal (from 0.00 Hz to 20.0 Hz).

Depth

The Depth control setsthe depth of the modulation
applied to the delayed signal (from 0% to 100%).

Mix

The Mix control sets the balance between the de-
layed signal (wet) and the original signal (dry). If
you areusing adelay for flanging or chorusing, you
can control the depth of the effect somewhat with
the Mix setting. Click the Dry button to set the Mix
to 100% dry. Click the Wet button to set the Mix to
100% wet.
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Output

The Output section provides output metering and
controlsfor adjusting the level of the output signal.

Output Meters

The Output meters show peak signal levels after
processing:

Dark Blue Indicates nominal levels from —INF to
-12 dB.

Light Blue Indicates pre-clipping levels, from
—12dB to 0 dB.

Red Indicates full scalelevels (clipping)

Output Gain

The Output Gain control setsthe output level after
processing. For mono instances of Mod Delay 11,
thereisasingle Gain control. For stereo and mono-
to-stereo instances of Mod Delay |11, there are in-
dependent Gain controls for each channel (left and
right).

Selections for Mod Delay Il
AudioSuite Processing

Because AudioSuite Delay adds additional mate-
ria (thedelayed audio) to the end of selected audio,
make a selection that is longer than the original
source material to alow the additional delayed au-
dio to be written to the end of the audio file.

If you select only the original material without
leaving additional space at the end, delayed audio
that occurs after the end of the selection will be cut
off.
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Chapter 33: Moogerfooger Analog Delay

Moogerfooger Analog Delay isadelay plug-inthat
isavailablein DSP, Native, and AudioSuite
formats.

Moogerfooger Analog Delay supports 44.1 kHz,
48 kHz, 88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz
sample rates.

Moogerfooger Analog Delay operates as a mono,
multi-mono, or stereo plug-in.

Preset & Auto
<tactory default> FEW  ‘avpass

P coweare  SAFE [ DSP

Moogerfooger Analog Delay

Moogerfooger Analog Delay provides awarm
sounding delay in the digital domain. A delay cir-
cuit produces areplica of an audio signal a short
time after the original signal. Mixed together, the
delayed signal sounds like an echo of the original.
If this mixture is fed back to the input of the delay
circuit, the delayed output provides a string of
echoes that repeat and die out gradually—a classic
musical effect.
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The Moogerfooger Analog Delay uses Bucket Bri-
gade Analog Delay Chipsto achieve its delay.
These analog integrated circuits function by pass-
ing the audio waveform down a chain of thousands
of circuit cells, just like water being passed by a
bucket brigade to put out afire. Each cell in the
chip introducesatiny timedelay. Thetotal time de-
lay depends on the number of cellsand on how fast
thewaveformis“clocked,” or moved from onecell
to the next.

With the advent of digital technology, these and
similar analog delay chips have gradually been
phased out of production. In fact, Bob Moog se-
cured a supply of the last analog delay chips ever
made, and used them to build a Limited Edition of
1,000 “rea-world” Moogerfooger Analog Delay
units.

Compared to digital delays, the frequency and
overload contours of well-designed analog delay
devices generaly provide smoother, more natural
series of echoes than digital delay units. Another
difference is that the echoes of adigital delay are
static because they are the same digital sound re-
peated over and over, whereas abucket brigade de-
vice itself imparts awarm, organically evolving
timbre to the echoes.

Avid'sdigital replicare-creates all the warm, natu-
ral sounds of its analog counterpart. The Mooger-
fooger Analog Delay plug-in was enhanced to be
even more useful for digital recording. Aninte-
grated Highpass Filter alows you to remove un-
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wanted bass buildup from the feedback loop, a-
lowing you to havewarmer, more controllable echo
swarms while minimizing the potential for digital

clipping.

Moogerfooger Analog Delay
Controls

The Moogerfooger Analog Delay provides the fol-
lowing controls:

Delay Time Delay Time allows you to select the
length of delay between the original and the de-

layed signal. Used with Feedback, it also affects
how long apart the echoes are.

Short/Long The Short/Long switch sets the range
of the Delay Time control. Set to Short, the Delay
Timerangesfrom 0.04 to 0.4 seconds. Set to Long,
it ranges from 0.08 to 0.8 seconds.

Feedback Feedback determines how much signal
isfed back to the delay input, affecting how fast the
echoes die out.

Highpass The Highpass knob removes low fre-
quencies from the feedback loop. It removes unde-
sirable low frequency “mud” common when mix-
ing with delays and also allows the creation of
amazing echo swarms that won't clip the output.
Dia inahighpassfrequency from 50 Hz to 500 Hz.
Frequencies below the setting are filtered from the
feedback loop.
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HPF On/Off The HPF Off/HPF On enables or dis-
ables the highpass filter (HPF).

Drive The Drive control setsthe input gain.

Mix The Mix control blends the original input sig-
nal with the delayed signal.

LED Indicators

Three LEDs down the center of the unit provide vi-
sual feedback.

Input Level The Input Level LED glows green
when signal is present.

HPF The HPF LED turns green when the highpass
filter is enabled.

Bypass The Bypass LED glows either red (by-
passed) or green (not bypassed) to show whether or
not the effect isin the signal path.

Moogerfooger Analog Delay
Tips and Tricks

Infidelity

Because analog delay chips offer only afixed num-
ber of cells, the extended delay times store alower-
fidelity version of the input signal. Try the Long
delay setting when going for cool “lo-fi” sounds
and textures.

Echo Swarms

By carefully adjusting the Feedback, Drive, and
Highpass controls, you can use the Moogerfooger
Analog Delay as a sound generator. Simply pulse
the delay unit with a short piece of audio (even a
second will do), and adjust the Delay Time knob.
Set correctly, theunit will generate cool timbresfor
hoursall by itself.
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Chapter 34: Reel Tape

Reel Tape Delay is part of the Reel Tape suite of
tape-simulation effects plug-ins. Reel Tape Delay
simulates an anal og tape echo effect, modeling the
frequency response, noise, wow and flutter, and
distortion characteristics of analog tape. It also re-
producesthe varispeed effect you get when thetape
speed control is adjusted.

Reel Tape Delay isavailablein DSP, Native, and
AudioSuite formats.

Reel Tape Delay supports 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

Reel Tape Delay operates as a mono, multi-mono,
or stereo plug-in.

Delay

For years, engineers have relied on analog tape to
add a smooth, warm sound to their recordings.
When driven hard, tape responds with gentle dis-
tortion rather than abrupt clipping asin the digital
domain. Magnetic tape also has afrequency-depen-
dent saturation characteristic that can lend punch to
the low end, and sweetness to the highs.

Reel Tape Delay models a studio tape machinein
record/playback mode, with afixed distance be-
tween the record head and the play head, and a con-
tinuously variable tape speed.

Reel Tape Delay automatically applies tape satura-
tion effectsthat correspond to the following control
settingsin Reel Tape Saturation:

» Speed: 15ips
» Bias 0.0dB
e Cdl Adjust: +9dB

Y ou can use the BPM Sync feature to synchronize
the Reel Tape Delay effect to the current tempo of
the Pro Tools session.

Reel Tape Delay can be placed on mono, stereo, or
multichannel tracks.

Reel Tape Delay
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Reel Tape Common Controls

All Reel Tape plug-ins share the following
controls:

Drive

Drive controls the amount of saturation effect by
increasing the input signal to the modeled tape ma-
chine while automatically compensating by reduc-
ing the overall output. Drive is adjustable from
—12 dB to +12 dB, with adefault value of 0 dB.

Output

Output controls the output signal level of the plug-
in after processing. Output is adjustable from
—12 dB to +12 dB, with adefault value of 0 dB.

Tape Machine

The Tape Machine control lets you select one of
three tape machine types emulated by the plug-in,
each with its own sonic characteristics:

US Emulatesthe audio characteristicsof a3M M79
multitrack tape recorder.

Swiss Emulates the audio characteristics of a
Studer A800 multitrack tape recorder.

Lo-Fi Simulates the effect of alimited-bandwidth
anal og tape device, such as an outboard tape-based
echo effect.

Tape Formula

The Tape Formula control lets you select either of
two magnetic tape formulations emulated by the
plug-in, each with its own saturation characteris-
tics:

Classic Emulates the characteristics of
Ampex 456, exhibiting a more pronounced satura-
tion effect.
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Hi Output Emulates the characteristics of
Quantegy GP9, exhibiting amore subtle saturation
effect.

Reel Tape Delay Controls

In addition to the Drive, Output, Tape Machine,
and Tape Formula controls, Reel Tape Delay has
the following controls:

Speed

The Speed control adjuststhe delay time, calibrated
to tape speed. A slower tape speed resultsin alon-
ger delay. A faster tape speed resultsin a shorter
delay.

The displayed tape Speed val ue corresponds to the
delay time resulting from the distance between the
record and play heads on an Ampex 440-seriestape
transport.

Tape speed is adjustable from approximately
17/8ips (1486 ms delay) to approximately 30 ips
(93 msdelay), with adefault value of approxi-
mately 15 ips (172 ms delay).

Y ou can synchronize the delay time to the current
tempo of the Pro Tools session. See “ Synchroniz-
ing Reel Tape Delay to Session Tempo” on

page 223.

Feedback

The Feedback control adjusts the amount of de-
layed output fed back into the input, allowing gen-
eration of multiple echoes. A higher feedback
amount resultsin more echo regeneration. A lower
feedback amount resultsin less echo regeneration.
Feedback amount is adjustable from O to 100 per-
cent, with a default value of 30 percent.
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Wow/Flutter

The Wow/Flutter control adjusts the amplitude of
the tape machine' s wow and flutter, or the amount
of fluctuationintape speed. A higher setting results
in wider fluctuations in speed. A lower setting re-
sultsin narrower fluctuations in speed. Wow/Flut-
ter is adjustable from 0 to 1 percent, with adefault
value of 0.20 percent.

Wow Speed

(Plug-In Automation Playlist or
Control Surface Access Only)

The Wow Speed parameter adjusts the frequency
of the tape machine' swow effect, or the rate of
fluctuation in tape speed. A higher value resultsin
faster fluctuations in speed. A lower value results
in slower fluctuations in speed. Wow Speed is ad-
justable from 0 to 100 percent, with adefault value
of 50 percent.

This parameter is accessible only from the plug-in
automation playlist or from a supported control
surface.

Q Settings for this parameter are saved with
plug-in presets. If you use a preset for the
Native, DSP, or AudioSuite version of this
plug-in, any settings for this parameter will
be active.

Bass

The Bass control boosts or cuts the amount of low
frequencies fed to the echo feedback loop. Bass
amount is adjustable from —10 dB to +10 dB, with
a default value of 0 dB.

Q Note that this control does not affect the
first delayed signal, only the repeated de-
lays caused by the Feedback control.
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Treble

The Treble control boosts or cuts the amount of
high-mid frequencies fed to the echo feedback
loop. Treble amount is adjustable from —10 dB to
+10 dB, with a default value of 0 dB.

Q Note that this control does not affect the
first delayed signal, only the repeated de-
lays caused by the Feedback control.

Mix
The Mix control adjusts the amount of processed
signal mixed with the input signal in the fina out-

put of the plug-in. The default Mix valueis 25 per-
cent.

Noise

(Plug-In Automation Playlist or Control Surface
Access Only)

The Noise parameter controls the level of simu-
lated tape hissthat isadded to the processed signal .
Noise is adjustable from Off (-INF) to —24 dB,
with adefault value of —80 dB.

This parameter is accessible only from the plug-in
automation playlist or from a supported control
surface.

Q Settings for this parameter are saved with
plug-in presets. If you use a preset for the
Native, DSP, or AudioSuite version of this
plug-in, any settings for this parameter will
be active.
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Synchronizing Reel Tape
Delay to Session Tempo

Y ou can set the delay time (Speed control) in the
Reel Tape Delay to synchronize to the session
tempo (in beats per minute).

To synchronize the delay time to the session

tempo:

1 Inthe BPM Sync section, click the On button.
The Tempo/Rate display changes to match the
current session tempo.

MACHINE | FORMULA
BPM SYNE | TEMPO

On on P
button— 2. ) Inlsi

" —
Note Value Triplet
button

Dot

display
button

| Tempo/Rate
display

BPM Sync controls

2 To set arhythmic delay, click the Note Value to
choose from the available note values (whole,
half, quarter, eighth, sixteenth, or thirty-second
note)

3 To adjust the rhythm further, do any of the
following:

» To enable triplet rhythm delay timing, click the
Triplet (“3") button so that itislit.

« To set adotted rhythm delay value, click the Dot
(*.”) button so that it islit.

Q You can override the settings derived from
BPM Sync at any time by manually adjusting
the plug-in Speed controal.

Q To set the delay time to a specific time value,
turn off BPM Sync and enter the delay time
(in msec) in the Tempo/Rate display.
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Reel Tape Delay Presets

The Reel Tape Delay presets coordinate Speed,
Wow/Flutter, Feedback and the Bass and Treble
controls for different tape speeds.

3.75 ips Setsthe delay time to correspond to a
Speed Control setting of 3.75 inches per second.

3.75 ips Flutter Includes the 3.75 ips setting plus
Wow/Flutter.

7.5ips Setsthedelay timeto correspond to a Speed
Control setting of 7.5 inches per second.

7.5 ips Flutter Includes the 7.5 ips setting plus
Wow/Flutter.

30 ips Flutter Adds Wow/Flutter to the highest
Speed Control setting.

Rockabilly A common tape slap effect, useful on
vocals or electric guitar. Setsthe delay timeto
130 ms, which correspondsto the delay time result-
ing from the distance between the record and play
heads on an Ampex 300-series or Ampex 350-se-
ries tape transport.

Rockabilly Plus Includes the Rockabilly setting
plus Feedback, Wow/Flutter, Bass and Treble ad-
justments on feedback.
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Chapter 35: Tel-Ray Variable Delay

Tel-Ray Variable Delay isadelay/echo plug-in that
isavailablein DSP, Native, and AudioSuite for-
mats.

Tel-Ray Variable Delay supports 44.1 kHz,
48 kHz, 88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz
sample rates.

Tel-Ray Variable Delay operates as amono, multi-
mono, or stereo plug-in.

=

INPUT TONE X ouTPUT

cooollm

|| VARIABLE DELAY  VARIATION SUSTAIN  ECHO — DOUBLER D ELAY

10000

Tel-Ray Variable Delay

w7 |

T R

ECHO -~ REVERB §

Add delay or echo to any voice or instrument using
the Tel-Ray Variable Delay. It provideslush delay,
amazing echo, and warms up your tracks and
MiXes.

In the early 1960s, a small company experimented
with electronics and technology. When they came
up with something great, they would Tell Ray (the
boss).
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One invention involved a tuna can, a motor, and a
few tablespoons of oil. The creation: an Electronic
Memory Unit. A technology, they were sure, that
would be of great interest to companies like IBM
and NASA.

Though it never made it to the moon, most every
major guitar amp manufacturer licensed the tech-
nology that gives Tel-Ray its unigue sound.

Space-age technology in a can
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Tel-Ray Controls

Input/Output Section

Input Input setsthe signal level to thetunacan echo
unit.

Tone Toneis a standard tone control like those
commonly found on guitar effects.

Mix Mix adjusts the amount of dry (unprocessed)
signal relativeto the amount of wet (processed) sig-
nal. Full clockwiseis 100% wet. (On original units,
thiscontrol islocated deep inside the box, typically
soaked in carcinogenic PCB oil.)

Output Output isasimple digital output trim con-
trol.

Echo/Delay Section

Variable Delay Variable Delay selects the delay
time. Delay times vary from 0.06 to 0.3 seconds.
Full clockwiseis slowest.

Variation Variation adjusts how much variation oc-
cursin the delay. The more variation you use, the
more warbled and wobbly the sound becomes.

Sustain Sustain determines how long the delay
takesto die out. It is actually afeedback control
similar to the one found on the M oogerfooger An-
aog Delay.

Echo/Doubler Echo/Doubler determines whether
or not asecond record head is engaged, resultingin
a double echo.
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Tel-Ray Tips and Tricks

Each and every Tel-Ray variesdrastically in motor
and flywheel stability, resulting in different pitch
and variation effects. Even the same unit may
sound different day to day, depending on tempera-
ture, warm-up time, and other factors. Since the
original unitsare basically thirty year-old tunacans
bolted to plywood with springs and motors flop-
ping around inside, the virtual Tel Ray Delay pro-
vides a Variation knob so that you can dia inaTel-
Ray in whatever state of disrepair you desire.
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Chapter 36: TimeAdjuster

TimeAdjuster is atime-processing plug-in that is
available in DSP and Native formats.

TimeAdjuster supports 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

TimeAdjuster operates as a mono, multi-mono, or
stereo plug-in.

Track
A1 B

DELAY L
T

4'samples

DELAY R
- 4 samples
T P

TimeAdjuster (Stereo)

Use the TimeAdjuster plug-in for any of the fol-

lowing:

e Delay compensation

¢ Gain compensation (+/— 24 dB)

 Phaseinversion for correcting out-of-phase
signals

(¥ For more information on Delay Compensa-
tion and Time Adjuster, see the Pro Tools
Reference Guide.

Chapter 36: TimeAdjuster

TimeAdjuster Controls

The TimeAdjuster plug-in provides the following
controls:

Phase Invert Thiscontrolsinvertsthe phase (polar-
ity) of the input signal. While most Avid plug-ins
supply a phase invert button of their own, some
third-party plug-ins may not. Phase inversionis
also useful for performing delay compensation by
tuning unknown delay factors by ear (see “Using
TimeAdjuster for Manual Delay Compensation”
on page 227).

Gain *Provides up to 24 dB of positive or negative
gain adjustment. This control is useful for alter-
ing the gain of asignal by alarge amount in rea
time. For example, when you are working with
audio signals that are extremely low level, you
may want to adjust the channel gain to areason-
ableworking range so that afader is positioned at
itsoptimum travel position. Usethe Gain control
as an insert effect to make awide range of gain
adjustment in real time without having to perma-
nently processthe audio files, asyou would with
an AudioSuite plug-in.

Delay Provides up to 8192 samples of delay com-
pensation adjustment, or general adjustment of
phase rel ationshi ps of audio recorded with multiple
microphones (the amount of delay available de-
pends on the version of TimeAdjuster: Short, Me-
dium, or Long). It defaults to a minimum delay of
four samples, which is the delay created by use of
the TimeAdjuster plug-in itself.
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While phaseinversion controls have been used for
many years by engineers as crestive tools for ad-
justment of frequency response between multiple
microphones, sample-level delay adjustments pro-
vide far more control. Creative use of this control
can provideapowerful tool for adjusting frequency
response and timing relationships between audio
signals recorded with multiple microphones.

Using TimeAdjuster for
Manual Delay Compensation

DSP and host-based processing in al digital sys-
temsincursdelay of varying amounts. Y ou can use
the TimeAdjuster plug-in to apply an exact number
of samplesof delay to thesignal path of aPro Tools
track to compensate for delay incurred by specific
plug-ins. TimeAdjuster provides presets for com-
mon del ay-compensation scenarios.

To compensate for several plug-insin-line, use the
delay times from each settings file as references,
and add them together to derive the total delay
time.

A Some plug-ins (such as Avid’s Maxim) have
different delays at different sample rates.

Alternatively, look up the delay in samples for the
plug-ins you want to compensate for, then apply
the appropriate amount of delay.

To manually compensate for DSP-induced delays,
try one of the following methods:
e Phaseinversion

» Comb-filter effect cancellation
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Phase Inversion

If you are working with phase-coherent track pairs,
or tracks recorded with multiple microphones, you
can invert the phase to negate the delay. If you
don’t hear any audio when you invert asignal’s
phase, you have precisely adjusted and compen-
sated for the delay. Thisis because when you mon-
itor duplicate signalsand invert the polarity (phase)
of one of them, the signalswill be of opposite po-
larity and cancel each other out. Thistechniqueis
convenient for finding the exact delay setting for
any plug-in.

To determine the delay of a plug-in by inverting its
signal phase:

1 Place duplicate audio clips on two different au-
dio tracks and pan them to the center (mono).

2 Apply the plug-in whose delay you want to cal-
culate to the first track, and a Time Adjuster
plug-in to the second track.

3 With TimeAdjuster, invert the phase.

4 Control-drag (Windows) or Command-drag
(Mac) to fine-tune delay in one sample incre-
ments, or use the up/down arrow keysto change
the delay one sample at atime until the audio
signal disappears.

5 Change the polarity back to normal.
6 Savethe TimeAdjuster setting for later use.

Comb-Filter Effect Cancellation

Adjust the delay with the signal in phase until any
comb-filter effects cancel out.
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Viewing Channel Delay and
TimeAdjuster

Because plug-ins display their delay valuesin the
channel delay indicators, this can be used as an-
other method for determining delay compensation.

To view time delay values and use TimeAdjuster to
compensate for the delay:

1 Do one of the following:

* Control-click (Windows) or Command-click
(Mac) the Track Level Indicator to toggle be-
tween level (that appears on the display as
“val”), headroom (“pk”), and channel delay
(“dly”) indications. Delay values are shown in
samples.

¢ Select the Delay Compensation view from the
Mix Window View selector. Thisview will ap-
pear below the track name. Delay, User Offset,
Compensation Amount values are shown in
samples.

Determining the DSP delay of track inserts
(Mix window shown)

2 Apply the TimeAdjuster plug-in to the track
whose delay you want to increase, and Control-
click (Windows) or Command-click (Mac) its
Track Level indicator until the channel delay
valueisdisplayed for that track.

3 Changethedelay timein TimeAdjuster by mov-
ing the Delay dlider or entering avalue in the
Delay field, until the channel delay value
matches that of the first track.

4 Test the delay values by duplicating an audio
track and reversing its phase while compensat-
ing for delay.
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When to Compensate for
Delays

If you want to compensate for delays across your
entire system with Time Adjuster, you will want to
calculate the maximum delay incurred on any
channel, and apply the delays necessary to each
channel to match this channel.

However, this may not always be necessary. You
may only really need to compensate for delays be-
tween tracks where phase coherency must be main-
tained (as with instruments recorded with multiple
microphones or stereo pairs). If you are working
with mono signals, and the accumulated delays are
small (just afew samples, for example), you prob-
ably needn’t worry about delay compensation.

For more information about delays and
mixing with Pro Tools, see the Pro Tools
Reference Guide.
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Chapter 37: Moogerfooger Lowpass Filter

Moogerfooger Lowpass Filter features a 2-pole/4-
pole variable resonance filter with envelope fol -
lower. Useit to achieve classic 60s and 70s sounds
on bass and electric guitar, or just dial in some
warm, fat virtual analog resonance when you need
it.

Moogerfooger Lowpass Filter isavailablein DSP,
Native, and AudioSuite formats.

Moogerfooger L owpass Filter supports 44.1 kHz,
48 kHz, 88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz
sample rates.

Moogerfooger Lowpass Filter operates as a mono,
multi-mono, or stereo plug-in.

Track L < Auto
FER  aveass

Audio 1 a <factory default>
moagerfoager Lowpass

[ compaRE  SAFE | DSP

Moogerfooger Low Pass Filter
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With the invention of the MOOG?® synthesizer in
the 1960s, Bob Moog started the el ectronic music
revolution. A direct descendant of the original
MOOG Modular synthesizers, the Moogerfooger
Lowpass Filter provides two classic MOOG mod-
ules: a Lowpass Filter and an Envelope Follower.

A low pass Filter allows all frequencies up to a cer-
tain frequency to pass, and cuts frequencies above
the cutoff frequency. It removes the high frequen-
cies from atone, making it sound more mellow or
muted. The Moogerfooger Lowpass Filter contains
agenuine four-pole lowpass filter. We say “genu-
ine” because the four-pole filter—a major part of
the “MOOG Sound” of the 60s and 70s—was first
patented by Bob Moogin 1968! Thedigital version
preserves all the character, nuances, and personal -
ity of hisoriginal classic analog design.
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An Envelope Follower tracksthe loudness contour,
or envelope, of asound. Think of it like this: each
timeyou play anote, the envelope goes up and then
down. The louder and harder you play, the higher
the envel ope goes. In the Moogerfooger Lowpass
Filter, the Envelope Follower drives the cutoff fre-
guency of the Lowpass Filter. Since the envelope
followsthe dynamics of theinput, it “plays’ thefil-
ter by sweeping it up and down in response to the
loudness of the input signal.

“Envelope”

Wsound
| m AA Time

U yv”
tAudio waveform
of the sound

Audio waveform of a musical sound

A
[\ » Time

Envelope signal of the same sound

Envelope

Moogerfooger Lowpass Filter
Controls

Envelope Section

Amount The Amount knob determines how much
the envelope varies the filter. When the knob is
counterclockwise, the envel opesignal hasno effect
on thefilter. When the knob isfully clockwise, the
envelope signal opens and closes the filter over a
range of five octaves.
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Smooth/Fast The Smooth/Fast switch determines
how closely the envel ope tracks the loudness of the
input signal. Some sounds (like guitar chords) have
long, rough envel opes, and often sound better with
less dramatic changes in the filter. Other sounds
(like bass or snare drum) are quick and sharp, and
sound great when the filter closely tracks their at-
tack.

Mix The Mix control blends the original input sig-
nal withthefiltered signal. Useit to get any mixture
of filtered and unfiltered sound.

Filter Section

Control thefilter using the Cutoff and Resonance
knobs and the 2-Pole/4-Pole switch.

Cutoff Cutoff opens and closes thefilter. Turned
counterclockwise, fewer high frequencies pass
through thefilter. Turned clockwise, more high fre-
guencies pass.

Gain

2-Pole

/
4-Pole

Frequency
The 2/4 pole switch selects the filter slope

Resonance Resonance changes the way the filter
sounds. At low resonance, low frequencies come
through evenly. At high resonance, frequencies
near the cutoff frequency are boosted, creating a
whistling or vowel-type quality. When resonanceis
maxed out, the filter oscillates and produces its
own tone at the cutoff frequency. This oscillation
interacts with other tones asthey go through thefil -
ter, producing the signature Moog sound.
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2-Pole/4-Pole The 2-Pole/4-Pole switch selects
whether the signal goes through half the filter (2-
pole) or the entirefilter (4-pole). 2-poleisbrighter,
while 4-pole has a deeper, mellow quality.

Drive The Drive control setsthe input gain. Useit
to adjust the input to the filter and envelope fol-
lower.

LED Indicators

Three LEDs down the center of the unit provide vi-
sual feedback.

Level Level glows green when signal is present to
the envel ope circuit.

Env Env (envelope) glowsredder in responsetothe
envelope tracking of the input.

Bypass Bypass glows either red (bypassed) or
green (not bypassed) to show whether or not the ef-
fectisinthe signa path.

Moogerfooger Lowpass Filter
Tips and Tricks

Try inserting an LFO ahead of the Moogerfooger

LowpassFilter to produceacool “autowah” effect.
Use thisin conjunction with VVoce Spin’ s rotating

speaker for a swirling auto-wah effect.

Chapter 37: Moogerfooger Lowpass Filter

232



Chapter 38: Moogerfooger 12-Stage Phaser

Moogerfooger 12-Stage Phaser combines a 6- or
12-stage phaser with awide-ranging variable LFO.
Start with subtle tremolo or radical modulation ef-
fects, then crank the distortion and resonant filters
for unbelievable new tones—all featuring classic
MOOG sound.

Moogerfooger 12-Stage Phaser isavailablein DSP,
Native, and AudioSuite formats.

Moogerfooger 12-Stage Phaser supports44.1 kHz,
48 kHz, 88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz
sample rates.

M oogerfooger 12-Stage Phaser operatesasamono,
multi-mono, or stereo plug-in.
Track Presat < Auto

PN sveass

PP compaRE  SAFE | DSP

Audio 1 = <tactory default>

Moogerfooger 12-stage Phaser
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Moogerfooger 12-Stage Phaser offers 6 or 12
stages of MOOG resonant analog filters. Unlikethe
LowpassFilter, however, thefiltersarearrangedin
an allpass configuration.

TimeA

Low Pass

1 4 §
Filter

Frequen?:y
TimeA

1 Resonant
Filter

Frequenzy
TimeA
1

5-Stage
Phaser

Mid—Shift} Frequency

Different types of filters

A phaser works by sweeping the mid-shift fre-
quency of the filters back and forth. Asthis hap-
pens, the entire frequency response of the output
moves back and forth aswell. Theresult isthe clas-
sic phaser “whooshing” sound as different fre-
guency bands of the signal are alternately empha-
sized and then attenuated.
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A sweep control alows you to adjust the range of
thefrequency shift. And, keeping in the spirit of the
MOOG modular synthesizers, an integrated LFO
alowsyouto modul ate the sweep control, allowing
for extreme effects.

Moogerfooger 12-Stage
Phaser Controls

LFO Section

Control the LFO using the Amount and Rate knobs
and the Lo/Hi selector switch.

Amount Amount varies the depth of phaser modu-
lation, from barely perceptible at the full counter-
clockwise position, to the full sweep range of the
phaser (full clockwise or “Kill”

setting).

Rate Rate determines how fast the LFO oscillates.
The LFO light blinks to give avisual indication of
the LFO rate.

Lo/Hi The Lo/Hi switch selects the range of the
Rate control. When the switch is Lo, the Rate con-
trol varies from 0.01 Hz (one cycle every hundred
seconds) to 2.5 Hz (2.5 cycles every second).
When the switch isHi, the Rate control variesfrom
2.5Hz (2.5 cycles every second) to 250 Hz (two
hundred fifty cycles per second). With such awide
range of rates available, obviously you'll need to
adjust Rate after you flick the Lo/Hi switch to get
the sound you desire.

Phaser Section

Control the Phaser with the Sweep and Resonance
knobs and the 6-Stage/12-Stage switch.

Resonance Resonance adjusts the feedback of the
analog filters. As you add more resonance, the
peaks caused by thefilters get sharper and more no-
ticeable.
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Gain A

-

>
Frequency

Mid-Shift Frequency}
Responses of a phaser with high resonance
Sweep Sweep adjuststhe center frequency point of

the filters. Useit in conjunction with Amount to
control the frequencies affected by the phaser.

Mid-shift frequency
moves

Frequerncy
Sweep adjusts the center frequency point

Drive

The Drive control setstheinput gain.

LED Indicators

Three LEDs provide visua feedback.

Level Level glows green when signal is present.
LFO LFO blinksto show the LFO rate.

Bypass Bypass glows either red (bypassed) or
green (not bypassed) to show whether or not the ef-
fect isin the signal path.
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Moogerfooger 12-Stage
Phaser Tips and Tricks

More Harmonics = More Fun

The richer the harmonic content of the sound, the
morethereisto filter and sweep. Try adding distor-
tion using the SansAmp PSA-1 before the phaser—
it'sacool variation on the common signal path
used when putting aphaser in front of aguitar amp.

Aggressive and Extreme

Dr. Moog apparently took these mantras of early
21st Century recording science to heart when he
designed the Rate knob on his phaser. Flick the
Rate switch to Hi and let the party begin. Try mut-
ing atrack and mixing in bits of extremely phase-
swept material.

It’'s an Effect—Play with It!

All the controls on the Moogerfooger 12-Stage
Phaser are fully independent of one another. This
means you can set them in any combination that
you wish. Thereisno such thing asa“wrong” com-
bination of settings, so you can experiment all you
like to find new, exciting effects for your music.
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Chapter 39: Moogerfooger Ring Modulator

Moogerfooger Ring Modulator provides awide-
range carrier oscillator and dual sine/square wave-
form LFO. Add mation to rhythm tracks and
achieveradical lo-fidelity textures—you set the
limits!

Moogerfooger Ring Modulator isavailablein DSP,
Native, and AudioSuite formats.

Moogerfooger Ring Modulator supports44.1 kHz,
48 kHz, 88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz
sample rates.

The Moogerfooger Ring Modulator operates as a
mono, multi-mono, or stereo plug-in.

Track Proset S | Auto
Audio 1 a <factory defauit> " ‘avpass

mogerfogerRingModulatr " CcoMPARE  SAFE DSP

Moogerfooger Ring Modulator
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Like the Lowpass Filter, the Moogerfooger Ring
Modulator hasits roots in the origina MOOG
Modular synthesizers. It provides three classic
MOOG modules: aLow Frequency Oscillator, a
Carrier Oscillator, and a Ring Modulator.

Low Frequency Oscillators (or LFOs) create slow
modulations like vibrato and tremolo. The LFO in
the Moogerfooger Ring Modulator isawide-range,
dual-waveform (sine/square) oscillator.

The Carrier Oscillator is a wide-range sinusoidal
oscillator. It’ scalled the Carrier Oscillator because,
like the carrier of an AM radio signal, it's always
there, ready to be modulated by the input.

A Ring Modulator takestwo inputs, and outputsthe
sum and difference frequencies of the two inputs.
For example, if the first input contains a 500 Hz
sine wave, and the second input contains a 100 Hz
sine wave, then the output contains a 600 Hz sine
wave (500 plus 100) and a400 Hz (500 minus 100)
sinewave.
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Moogerfooger Ring Modulator
Controls

LFO Section

Control the LFO using the Amount and Rate knobs
and the Square/Sine waveform selector switch.

Amount Amount determines the amount of LFO
waveform that modulates the frequency of the car-
rier oscillator. When the knob is full counterclock-
wise, the carrier is unmodulated. Fully clockwise,
the carrier oscillator is modulated over arange of
three octaves.

Rate Rate determines how fast the LFO oscillates,
from 0.1 Hz (onecycleevery ten seconds) to 25 Hz
(twenty-five cycles per second). The LFO light
blinks to give avisual indication of the LFO rate.

Sine/Square The Square/Sine switch selects either
asquare or sine waveform. The square wave pro-
ducestrill effects, whereas the sine waveform pro-
duces vibrato and siren effects.

Modulator Section

The Carrier Oscillator is controlled by the Fre-
quency knob and the Low/High switch.

Frequency Knob Operating at the selected fre-
quency, the carrier oscillator provides one input to
the ring modulator, with the other coming from the
input signal .

Lo Inthe Lo position, the Frequency knob ranges
from 0.5 Hz to 80 Hz.

Hi Inthe High position, the Frequency knob ranges
from 30 Hz to 4 kHz.

Mix TheMix control blendstheinput signal andthe
Ring Modulator output. Y ou hear only the input
signal when theknob iscounterclockwise, and only
the ring modulated signal with the knob fully
clockwise.
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Drive

The Drive control setstheinput gain.

LED Indicators

Three LEDs provide visua feedback.

Level Level glows green when signal is present.
LFO LFO blinksto show the LFO rate.

Bypass Bypass glows either red (bypassed) or
green (not bypassed) to show whether or not the ef-
fect isin the signal path.

Moogerfooger Ring Modulator
Tips and Tricks

You'll discover tons of great uses for the Mooger-
fooger Ring Modulator through experimentation.
But don’t forget to try using it in subtle ways, add-
ing “just ahint” to harshen up or add ametallic
quality to individual tracks buried in the mix. Al-
most all the great MOOG sounds feature subtle,
clever uses of Ring Modulation.
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Chapter 40: Reel Tape

Reel Tape Flanger is part of the Reel Tape suite of
tape-simulation effectsplug-ins. Reel Tape Flanger
simulates atape machine flanging effect, modeling
the frequency sweep and “crossover” comb-filter-
ing effectsthat can result when the flanger variable
delay is adjusted. It also reproduces the frequency
response, noise, wow and flutter, and distortion
characteristics of analog tape recording.

Reel Tape Flanger isavailablein DSP, Native, and
AudioSuite formats.

Reel Tape Flanger supports 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

Reel Tape Flanger operates as a mono, multi-
mono, or stereo plug-in.

Reel Tape Flanger
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Flanger

For years, engineers have relied on analog tape to
add a smooth, warm sound to their recordings.
When driven hard, tape responds with gentle dis-
tortion rather than abrupt clipping asin the digital
domain. Magnetic tape also has afrequency-depen-
dent saturation characteristic that can lend punch to
the low end, and sweetness to the highs.

Reel Tape Flanger models a classic tape flanging
setup with two anal og tape machines and a mixer,
where one tape machine has afixed delay and the
other has a continuously variable delay.

The two machines are fed an input signal in paral-
lel, and the output of the machinesis then mixed.
When the variable delay on the second machineis
changed at a constant rate (using an LFO), the re-
sulting frequency cancellations cause a periodic
phasing of the original signal.

The use of afixed delay on thefirst machine makes
it possibleto adjust the variable delay on the second
machine to pass the “ zero” point (to adelay value

lessthan the fixed delay), resulting in phase cancel -
lation (or the “crossover” flanging effect).

Reel Tape Flanger automatically applies tape satu-
ration effects that correspond to the following con-
trol settings in Reel Tape Saturation:

e Speed: 15ips

» Bias: 0.0dB

e Ca Adjust: +9dB

Usethe BPM Sync feature to synchronize the Reel

Tape Flanger effect to the current tempo of the
Pro Tools session.
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Reel Tape Common Controls

All Reel Tape plug-ins share the following
controls:

Drive

Drive controls the amount of saturation effect by
increasing the input signal to the modeled tape ma-
chine while automatically compensating by reduc-
ing the overall output. Drive is adjustable from
—12 dB to +12 dB, with adefault value of 0 dB.

Output

Output controls the output signal level of the plug-
in after processing. Output is adjustable from
—12 dB to +12 dB, with adefault value of 0 dB.

Tape Machine

The Tape Machine control lets you select one of
three tape machine types emulated by the plug-in,
each with its own sonic characteristics:

US Emulatesthe audio characteristicsof a3M M79
multitrack tape recorder.

Swiss Emulates the audio characteristics of a
Studer A800 multitrack tape recorder.

Lo-Fi Simulates the effect of alimited-bandwidth
anal og tape device, such as an outboard tape-based
echo effect.

Tape Formula

The Tape Formula control lets you select either of
two magnetic tape formulations emulated by the
plug-in, each with its own saturation characteris-
tics:

Classic Emulates the characteristics of
Ampex 456, exhibiting a more pronounced satura-
tion effect.

Chapter 40: Reel Tape Flanger

Hi Output Emulates the characteristics of
Quantegy GP9, exhibiting amore subtle saturation
effect.

Reel Tape Flanger Controls

In addition to the Drive, Output, Tape Machine,
and Tape Formula controls, Reel Tape Flanger has
the following controls:

Range

The Range control adjusts the overall magnitude of
the variable delay, which determines the offset be-
tween the two model ed tape machines. A center or
“zero” setting resultsin no offset. Rangeis contin-
uously adjustable from —20 msto +20 ms, and is
divided into two types of effects: flanging and au-
tomatic double tracking.

Flange Range settings within the narrow center
band around “zero” simulate tape flanging, with a
phase cancellation effect as the variable delay
crosses the “zero” point.

LFO Rate
< - LFO Depth
/ \/ \/ ¢ zero point

Operation with “Flange” Range setting (no offset)

ADT (Artificial Double Tracking) Range settings
outside the narrow center band simulate artificial
double tracking, in which the variable delay does
not cross the “zero” point. Thisvarying delay cre-
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ates aunique doubling effect, essentially an analog
precursor to chorusing. (You can hear ADT-type
effects on many classic analog recordings, such as
those of the Beatles or Led Zeppelin.)

—— LFO Rate

-« LFO Depth

|

zero point

Operation with “ADT” Range setting (positive offset)

(¥ When the LFO Depth control is set to zero,
you can still achieve a“ manual” flanging or
ADT effect by varying the Range control.

Feedback

The Feedback control adds a short delay to the
flanged signal . Feedback amount is adjustablefrom
0 to 100 percent, with adefault value of O percent.
(Thisis not the same feedback effect as on an elec-
tronic flanger or delay.

Wow/Flutter

The Wow/Flutter control adjusts the amplitude of
the variable delay tape machine’ swow and flutter,
or theamount of fluctuation in tape speed. A higher
setting resultsin wider fluctuationsin speed. A
lower setting resultsin narrower fluctuationsin
speed. Wow/Flutter is adjustable from 0 to 1 per-
cent, with a default value of 0.03 percent.
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Rate

The LFO Rate control adjusts the rate of changein
thevariable delay. A higher setting resultsin faster
fluctuationsin speed. A lower setting resultsin
slower fluctuationsin speed. LFO Rate is adjust-
ablefrom 0.05 Hz to 5 Hz, with adefault setting of
0.14 Hz.

Y ou can set the LFO Rate control to synchronizeto
the current tempo of the Pro Tools session. See
“Synchronizing Reel Tape Flanger to Session
Tempo” on page 241.

Depth

TheLFO Depth control adjuststheamplitude of the
changeinvariable delay. A higher setting resultsin
wider fluctuationsin speed. A lower setting results
in narrower fluctuationsin speed. LFO Depthisad-
justable from 0 to 100 percent, with adefault value
of 65 percent.

Mix

The Mix control adjusts the amount of fixed delay
signal mixed with the variabledelay signal in thefi-
nal output of the plug-in. The default Mix valueis
adjustable from —100 (all fixed delay signal) to
+100 (al variable delay signal) percent, with a de-
fault value of 0 (50% fixed delay, 50% variable de-
lay signals).

Invert

(Plug-In Automation Playlist or Control Surface
Access Only)

The Invert parameter invertsthe polarity of the sig-
nal coming from the variable delay tape machine,
so that complete audio cancellation occurs when
theflanger effect crossesthe zero point. Thedefault
setting for the Invert parameter is Off.
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This parameter is accessible only from the plug-in
automation playlist or from a supported control
surface.

Q Settings for this parameter are saved with
plug-in presets. If you use a preset for the
DSP, Native, or AudioSuite version of this
plug-in, any settingsfor this parameter will
be active.

Noise

(Plug-In Automation Playlist or Control Surface
Access Only)

The Noise parameter controls the level of simu-
lated tape hissthat isadded to the processed signal .
Noiseis adjustable from Off (-INF) to —24 dB,
with a default value of Off.

This parameter is accessible only from the plug-in
automation playlist or from a supported control
surface.

Q Settings for this parameter are saved with
plug-in presets. If you use a preset for the
DSP, Native, or AudioSuite version of this
plug-in, any settingsfor this parameter will
be active.
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Synchronizing Reel Tape
Flanger to Session Tempo

Y ou can set the LFO Rate in Reel Tape Flanger to
synchronize to the session tempo (in beats per min-
ute).

To synchronize the LFO Rate control setting to the

session tempo:

1 Inthe BPM Sync section, click the On button.
The Tempo/Rate display changesto synchronize
with the current session tempo.

MACHINE | FORMULA
| cwiss W Classic |
On =] . 0 ==
button—xd BREIED
—
Note Value
display

| Tempo/Rate
display

Triplet
Dot button

button

BPM Sync controls

2 Tosetarhythmic LFOrate, click the Note Value
to choose from the avail able note values (whole,
half, quarter, eighth, sixteenth, or thirty-second
note)

3 To adjust the rhythm further, do any of the fol-
lowing:

 To enable triplet rhythm delay timing, click the
Triplet (“3") button so that it islit.

* To set adotted rhythm delay value, click the Dot
(*.") button so that it islit.
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Reel Tape Flanger Tips

« To achieve aflanging effect, set the Range con-
trol within the “Flange” range and adjust the LFO
Depth control to avalue that is greater than the off-
set (so that the variable delay crosses the “zero”
point.)

« Toachievean ADT (doubling) effect, set the
Range control within either of the“ADT” ranges
and adjust the LFO Depth control to avaluethat is
smaller than the offset (so that the variable delay
does not cross the “zero” point).

« Toachieveamanual flanging effect, set the LFO
Depth control to 0 and vary (or automate) the
Range control within the “Flange” range. For fine
control, hold Control (Windows) or Command
(Mac) while varying the Range control.

+ To add complexity to flanging or ADT effects,
turn up the Wow/Flutter control to introduce more
fluctuation in the variable delay.

+ Use Red Tape Flanger in asend/return configu-
ration to mix the dry signal with an aggressively
driven, flanged signal to control the amount of
“grunge” in the final mix.

+ When you start playback, the LFO sweep al-
ways starts at the bottom of the cycle, so each time
you start playback from the same location (for ex-
ample, at abar line), the effect will be appliedinthe
same way.
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Reel Tape Flanger Presets

12-String Moderate-depth ADT setting that works
well with acoustic guitar sounds

Flutter Flange Moderate-depth flange setting with
Wow/Flutter

Flutter Extreme Wow/Flutter setting with flanging
turned off and a Mix setting that passes only the
variable delay

Manual Flange Settings with LFO Depth set to
zero, ready for manual flanging by adjusting or au-
tomating the Range control

Slow Flange High Depth setting combined with
slow LFO Rate, suitable for flanging vocals

Vocal ADT Settings for creating doubling effect
without flanging “ crossover” effect, suitable for
vocals

Vocal Walrus Drive-boosted settings for extreme
vocal doubling effect

Wobble A high LFO Rate setting combined with a
Mix setting that passes only the variable delay.
Works well on sustained parts.
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Chapter 41: Sci-Fi

Sci-Fi features analog synthesizer-type effects that
include:

¢ Ring modulation
* Frequency modulation

 Variable-frequency, positive and negative reso-
nator

« Modulation control by LFO, envelope follower,
sample-and-hold, or trigger-and-hold

Sci-Fi isavailable in DSP, Native, and AudioSuite
formats.

Sci-Fi supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

Sci-Fi operates as a mono, multi-mono, or stereo
plug-in.

Prosat = Auto
b “haclory defaiis | Y BYPASS
- + B compare sAFE DEP

RING MOD FREAK MOD RES +

FREQUENTY
I

LFO ENVFOLLOW SAMPLES HOLD  TRIGGER & HOLD
-y 0.1 Hertz

0.0%
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Sci-Fi is designed to mock-synthesize audio by
adding effects such as ring modulation, resonation,
and sample & hold, which are typically found on
older, modular analog synthesizers. Sci-Fi isideal
for adding a synth edge to atrack.

Sci-Fi Controls

Sci-Fi Input Level

Input Level attenuates signal input level to the
Sci-Fi processor. Since some Sci-Fi controls (such
as Resonator) can cause extreme changesin signal
level, adjusting the Input Level is particularly use-
ful for achieving unity gain with the original signal
level. The range of this control isfrom —12 dB to
0dB.

Sci-Fi Effect Types
Sci-Fi provides four different types of effects:

Ring Mod Is aring modulator—which modulates
the signal amplitude with a carrier frequency, pro-
ducing harmonic sidebands that are the sum and
difference of the frequencies of the two signals.
The carrier frequency is supplied by Sci-Fi itself.
The modulation frequency is determined by the Ef-
fect Frequency control. Ring modulation adds a
characteristic hard-edged, metallic sound to audio.
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Freak Mod Is afrequency modulation processor
that modulates the signal frequency with a carrier
frequency, producing harmonic sidebands that are
the sum and difference of the input signal fre-
quency and whole humber multiples of the carrier
frequency. Frequency modulation produces many
more sideband frequencies than ring modulation
and an even wilder metallic characteristic. The Ef-
fect Frequency control determines the modulation
frequency of the Freak Mod effect.

Resonator+ and Resonator— Add aresonant fre-
quency toneto the audio signal. Thisfrequency is
determined by the Effect Frequency control. The
difference between these two modulesis that Res-
onator— reverses the phase (polarity) of the effect,
producing a hollower sound than Resonator+. The
Resonator can be used to produce metallic and
flanging effects that emulate the sound of classic
analog flangers.

Sci-Fi Effect Amount

Effect Amount controls the mix of the processed
sound with the original signal. The range of this
control is from 0-100%.

Sci-Fi Effect Frequency

Effect Frequency controls the modulation fre-
quency of the ring modulator and resonators. The
frequency range is dependent on the effect type.
For Ring Mod, the frequency range of this control
isfrom 0 Hz to 22.05 kHz. For Freak Mod, the fre-
quency range isfrom 0 Hz to 22.05 kHz. For Res-
onator+, the frequency rangeis from 344 to
11.025 kHz. For Resonator—, the frequency range
isfrom 172 Hz to 5.5 kHz.

Y ou can also enter afrequency value using key-
board note entry.
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Sci-Fi Mod Type Controls

The four Mod Type buttons determine the type of
modulation applied to the frequency of the selected
effect. Depending on the type of modulation you
select here, the sliders below it will change to pro-
videthe appropriate type of modulation controls. If
the Mod Amount is set to 0%, no dynamic modula-
tion is applied to the audio signal. The Effect Fre-
guency slider then becomesthe primary control for
modifying the sound.

LFO Produces a low-frequency triangle wave as a
modulation source. The rate and amplitude of the

triangle wave are determined by the Mod Rate and
Mod Amount controls, respectively.

Envelope Follower Causes the selected effect to
dynamically track the input signal by varying with
the amplitude envelope of the audio signal. Asthe
signal gets louder, more modulation occurs. This
can be used to produce avery good automatic wah-
wah-type effect. When you select the Envelope
Follower, the Mod Amount slider changesto a
Mod Slewing control. Slewing provides you with
the ability to smooth out extreme dynamic changes
in your modulation source. This providesa
smoother, more continuous modul ation effect. The
more slewing you add, the more gradua the
changesin modulation will be.

Sample+Hold Periodically samples arandom
pseudo-noise signal and appliesit to the effect fre-
quency. Sample and hold modulation produces a
characteristic random stair-step modulation. The
sampling rate and the amplitude are determined by
the Mod Rate and Mod Amount controls, respec-
tively.
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Trigger+Hold Trigger and hold modulation is simi-
lar to sample and hold modulation, with one signif-
icant difference: If the input signal falls below the
threshold set with the Mod Threshold control, mod-
ulation will not occur. This provides interesting
rhythmic effects, where modulation occurs primar-
ily on signal peaks. Modulation will occur in a pe-
riodic, yet random way that varies directly with
peaksin the audio material. Think of this type of
modulation as having the best elements of both
sample and hold modulation and with an envelope
follower.

Sci-Fi Mod Amount and Mod Rate
Controls

These two sliders control the amplitude and fre-
guency of the modulating signal. The modulation
amount ranges from 0% to 100%. The modulation
rate, when LFO or Samplet+Hold are selected,
ranges from 0.1 Hz to 20 Hz.

If you select Trigger+Hold as a modulation type,
the Mod Rate slider changesto a Mod Threshold
dlider, which is adjustable from —95 dB to 0 dB. It
determines the level above which modulation oc-
curs with the trigger and hold function.

If you select Envelope Follower as a modulation
type, the Mod Rate slider changesto aMod Slew-
ing sider, which is adjustable from 0% to 100%.
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Sci-Fi Output Meter

The Output Meter indicates the output level of the
processed signal. Note that this meter indicates the
output level of the signa—not the input level. If
this meter clips, the signal may have clipped on in-
put before it reached Sci-Fi. Monitor your send or
insert signal levelsclosely to prevent thisfrom hap-
pening.
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Chapter 42: Voce Plug-Ins

The Voce plug-ins provide a pair of vintage modu-
lation effect plug-ins: Voce Chorus Vibrato and
Voce Spin.

The Voce plug-ins are available in DSP, Native,
and AudioSuite formats.

The Voce plug-ins support 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz, and 192 kHz sample
rates.

The Voce plug-ins support mono, mono-to-stereo
(Voce Spin only), multi-mono, and stereo opera-
tion.

Voce Chorus/Vibrato

Voce Chorus/Vibrato recreates the mechanical
scanner vibrato found in the B-3 Organ. Three set-
tings of chorus and three settings of vibrato pre-
sented on one cool knob! Fun and easy to usg, it'sa
classic effect used for over sixty years.

Presat & Auto

= BYPASS

ibrato B comparRE BAFE DSP

<factory default>

Voce Chorus/Vibrato
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In alarge pipe organ, “ranks’ of pipes (multiple
pipes designed to emit the same frequency) aren’t
perfectly in tune. The effect goes by the name
“multirank” or, more commonly, “chorus.”

Inside every B3 organ, on the end of the driveshaft
that spinsthe tonewheels, you'll find amechanical
contraption that delays the sound of the organ.
Originally added to make the B3 sound morelike a
pipe organ, it imparts frequency variation to the
sound.

Although well received by churches, the signature
B-3 Chorus/Vibrato graced jazz and rock record-
ings ever since. Now you can use this beautiful ef-
fect on any instrument.

Voce Chorus/Vibrato Controls

Simply click the Big Knob to rotate between set-
tings of Vibrato and Chorus. V1 providesthe |east
amount of vibrato, V2 dlightly more, and V3 the
most. Likewise the amount of Chorus increases
from C1 to C3.

Option-click (Mac) or Alt-click (Windows) the
knob to rotate it in the opposite direction, or click
the lettering to select a specific setting.
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Voce Chorus/Vibrato Tips and
Tricks

Theclassic setting for organis“C3” but you'll find
other settings useful on avariety of instruments.
Some of our favoritesinclude:

Electric Pianos

Many electric pianosfeature built-in vibrato. But if
the sound you' re using doesn’t provide arealistic

vibrato (perhaps you' re wrestling with a sampler),
track dry and apply the effect later.

Guitar

A certain popular guitar amp has a knob that says
“Vibrato” but it'sreally just Tremolo. Tremolo is
amplitude modul ation; the sound gets louder and
quieter. Vibrato, in contrast, imparts pitch change.
A select few highly sought after ‘50s Magnatone
guitar amps feature a true tube vibrato (one even
does stereo!) Y ou can approximate this sound by
recording guitar direct (or starting with aclean
miked sound), applying V oce Chorusg/Vibrato, then
using SansAmp™ PSA-1 or Eleven.

Voce Spin

V oce Spin providesthe most accurate simul ation of
the well-loved rotating speaker. 15 classic record-
ing setups feature horn resonance, speaker cross-
over, varying microphone placement—even the
“Memphis’ sound with the lower drum’s slow mo-
tor unplugged!
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Voce Spin

Don Ledlieinvented the rotating speaker in 1937.
Hisdesign is simple and elegant: an internal 40-
watt tube amplifier feeds a speaker crossover,
which splitsthe signal.

All frequencies below 800 Hz go to a 15" bass
speaker and all frequencies above 800 Hz goto a
compression horn driver.

15" Low Frequency
Loudspeaker

Rotation

Direct
Sound

Lower speaker assembly
The large bass speaker is bolted to the cabinet and

afoam drum directly bel ow the speaker reflectsthe
bass outward.

For the high frequencies, atreble horn with two
bellsreflects the sound from the compression horn
driver located below.

Only one bell actually produces sound; the other is
merely a counterbalance.
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Then, of course, it spins. Separate belts, pulleysand
motors drive the upper treble horn and the lower
foam drum. Adding to the effect, the upper horn
and lower drum spin in opposite directions. Most
rotating speakers feature two sets of motors, allow-
ing both slow (“Chorale”) and fast (“ Tremolo”) ro-
tation speeds.

Voce Spin Controls

Of course, al that motion createsarich sound—but
then you have to capture it using microphones.
Spin provides fifteen classic recording setups to
choose from, giving you the sounds you’ ve heard
on countless records instantly.

Just choose apreset and click Chorale, Tremolo, or
Off. Alternately, click and drag the flip switch.
Short flicks of the wrist land on Off; longer flicks
toggle between Chorale and Tremolo.

Q Seealso” Voce Spin Additional Controls’ on
page 248.

Y ou may also Alt-click (Windows) or Option-click
(Mac) anywhere to toggle between Chorale and
Tremolo speeds.

Spin Presets
122 Model 122 speaker, medium pulleys.

122 (Small Pulley) Small pulleys (fastest
rotation).

122 (Large Pulley) Large pulleys (slowest
rotation).

122 (Wide Stereo) Middle pulleys, wide stereo mi-
crophone placement.

122 (Mono) Middle pulleys, one mic each top and
bottom.

21H Model 21H speaker.

Foam Drum Middle pulleys, microphones close.
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Memphis Lower drum slow motor unplugged, mi-
crophones close.

Steppenwolf Lower drum only, loose belts, micro-
phones close.

Rover (Slow to Fast) Guitar rotating speaker, max-
imum speed differential.

Rover (Slow to Medium) Guitar rotating speaker,
slower variation.

Rover (Medium to Fast) Guitar rotating speaker,
faster variation.

Phaser Medium rotation rate, microphones very
close.

Watery Guitar Fast rotation rate, microphones
close.

Speed Options
Chorale Slow rotation.
Tremolo Fast rotation.

Off No rotation, but still through the crossover and
speakers (wherever the speakers comesto rest rela-
tive to the microphones!).

Voce Spin Additional Controls

Though the V oce Spin plug-in window contains
only the Chorale/Off/Tremolo control, the follow-
ing controls are also available:

* Input Trim

* Speed Switch

* Rotor Balance

» Upper Slow Speed
» Upper Accel Rate
e Upper Decel Rate
e Upper Mic Angle

» Lower Fast Speed
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» Lower Slow Speed
» Lower Accel Rate
* Lower Decel Rate
* Lower Mic Angle

Y ou can adjust and automate control s such asinput
trim (from —24 dB to +24 dB), set therotor balance
(the mix between the upper and lower speakers),
specify acceleration and decel eration times (in sec-
onds) for both the upper and lower speakers, tweak
the fast and slow speeds of each speaker, and spec-
ify the microphone angle for each stereo pair of mi-
crophones.

Y ou can access these additional controls through
Pro Tools plug-in automation, and/or from a com-
patible control surface.

Accessing Voce Spin Controls

Accessing Voce Spin Controls On-Screen

All Voce Spin controls can be adjusted on-screen
by editing Pro Tools breakpoint automation data.

To access additional Voce Spin controls

on-screen:

1 Click the Plug-In Automation button in the
Plug-Inwindow to open the Plug-In Automation
window.

2 Inthelist of controls at the left, click to select a
control and click Add (or just double-click a
control in thelist). Repeat to access and enable
additional controls.

3 Click OK to close the Plug-In Automation win-
dow.
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4 In the Edit window, do one of the following:

Click the Track View selector and select the au-
tomation control you just enabled from the Voce
Spin sub-menu.

Revea an Automation lane for the track, click
the Automation Type selector and select the au-
tomation control you just enabled from the Voce
Spin sub-menu.

5 Edit the breakpoint automation for the enabled
control.

Accessing Voce Spin Controls on a Control
Surface

When using a control surface, all Voce Spin con-
trols are available whenever the plug-in isfocused.
Y ou only need to enable plug-in automation if you
want to record your adjustments as breakpoint au-
tomation.

To access additional Voce controls from a control
surface:

1 Focusthe Voce Spin plug-in on your control sur-
face. All available controls are mapped to en-
coders, faders, and switches.

2 Adjust the corresponding control.

3 Use the previous/next Page controls to access
additional contrals.

Q To automate your adjustments, enable
automation for that control. For morein-
formation on plug-in automation, see the
Pro Tools Reference Guide.
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Voce Spin Tips and Tricks

The “One Mic Way Back In The Corner
Of The Room” Trick

Spinisn’t designed to sound like arotating speaker
spinning all by itself in alarge room. Spin provides
the sound of a miked rotating speaker, the sound
the producer and engineer hear in the control room.
But don't |et that stop you from getting the sound
you want!

To achieve the sound of a distant microphone cap-
turing the rotating speaker, run Spin using thewide
stereo preset. Now apply aroom reverb, remove
any pre-delay, and adjust the wet/dry reverb bal-
ance until you get the distant sound you’ relooking
for.

Spin into Moogerfooger Lowpass Filter

Try using the amplitude modulation effects of Spin
as an LFO driving the Moogerfooger Lowpass Fil-
ter!

Distortion and Spin

To simulate overdriving the tube amp powering the
rotating speaker, apply distortion before Spin,
since, intherea -world signa path, theamp distorts
the signal before the speakers throw the sound
around. Among tons of other great distortion
sounds, the SansAmp PSA-1 plug-in provides dis-
tortion presets for both the model 122 and model
147 rotating speakers.

Organ Signal Path

Likewise, when going for classic organ sounds,
route through the VVoce Chorus/Vibrato before
Spin, asthat’ sthe signal path in the B-3 organ.
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The John Lennon Vocal Thing

Inwhat seemslike aparticularly dangerous Beatles
studio experiment, a Leslie speaker cabinet was
dismembered, amicrophone was affixed to the rap-
idly spinning upper rotor, and John Lennon at-
tempted to sing into it. Fortunately the deafening
wind noise captured by the microphone put a stop
to the proceedings before anyone was hurt. Feel
free just to run the vocal through the rotating
speaker—that’s what they wound up doing.

Reverse Spin

Those reverse-vocal and reverse-guitar tricks are
even more fun when you run ‘ em through Spin. Try
reversing the vocal and putting it through Spin, as
well as putting the vocal through Spin then revers-
ing the processed vocal.

Generator Leakage

Of all the soundsto passthrough aLeslie, no sound
has been amplified more often than the sound of B3
Organ generator |eakage. Even with no notes
keyed, a small amount of B3 sound leaks out.
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Chapter 43: Aphex Aural Exciter Type |1l

Aural Exciter Typelll isan AAX plug-in that retainsthelook and sound of Aphex Systems’ renowned hard-
ware units. Aural Exciter makes it possible to recreate and restore missing harmonics.

APHEX

AURAL EXCITER

Aphex Aural Exciter, Type lll

Aphex Systems, Inc. first introduced Aural Exciter
in 1975. Since then, several refinements and im-
provements have beenincorporatedintoitsoriginal
design. The Aural Exciter plug-in is modeled after
the TYPE Il Aura Exciter. Aural Exciter has be-
come astandard in the professional audio industry,
and has been used on many albums, CDs, movies,
broadcast productions, commercials, and concerts.
The Aural Exciter plug-in for Pro Tools continues
this tradition of success, and is ready for use with
the latest cutting edge music productions.

Harmonics are musically and dynamically related
to the original sound, and reved the fine differ-
ences between voices and various instruments. Re-
produced sound is audibly different from the origi-
nal live sound because of thelossin harmonic
detail, often sounding dull and lifeless.
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Aural Exciter isan audio processthat recreates and
restores missing harmonics. It actually adds har-
monics, restoring the sound’ s natural brightness,
clarity and presence, effectively improving detail
and intelligibility. Use Aural Exciter on specificin-
strumentsor inthe final mix to bring life back to re-
cordings.

Unlike EQs and other brightness enhancers which
only boost the high frequencies that often alter the
overall tonal balance, Aural Exciter extends the
high frequencies. The stereo image is enhanced
with Aural Exciter. Thisresultsin a greater per-
ceived loudness without an introduction of noise
into the audio path, commonly caused by increased
gain.
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Aural Exciter is asingle-ended process which can
beinserted at any point within the audio chain. The
input signal issplitinto two paths. One path goesto
the output unmodified, while the other path, known
as aside-chain, goes through the Aural Exciter,
which includes atunable high-passfilter and a har-
monics generator. Aural Exciter appliesfrequency-
dependent phase shift and amplitude-dependent
harmonics. The output of the Aural Exciter's har-
monic generator ismixed back with theunmodified
signal, lower in level.

When used at nominal settings, Aural Exciter does
not add significant averagelevel to the original sig-
nal. Even though the added information is low
level, the perception is adramatic increase in mid
and high frequencies.

BLOCK DIAGRAM OF AURAL EXCITERTYPE llI

The Aurd Exciter is patented in the United States,
Japan and most of Europe. Others may claim they
aredoing the samething, but they can only resort to
some form of EQ (amplitude correction or expan-
sion), phase scrambling and/or filtering. They can
only increase peak levels causing clipping, feed-
back, tape distortion and listener fatigue.

Aura Exciter isavailablein DSP, Native, and Au-
dioSuite formats.

Aural Exciter supports 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

Aural Exciter operates as a mono, multi-mono, or
stereo plug-in.
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| O ttenuation Spectral Phrase |—@) Summing —O/ |
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| Dynamic i |
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| URAL EXCITER SIDE-CHAIN Harmonics Density Timbre |

Block Diagram of Aphex Aural Exciter, Type I
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Meters

Drive Meter

The Drive meter monitors the peak level to the har-
monic generator. It works in conjunction with the
Drive switch.

For optimal performance keep the peak hold meter
of the Drive meter inside the yellow area. The
harder you drive the Exciter, the more Exciter en-
hancement you generate. If you cannot get the
Drive meter to register in the yellow area, try set-
ting the Drive switch to High (Drive switch en-
abled).

Out Meter

The Out meter lets you monitor the output level af-
ter Aural Exciter processing.

Rotary Controls

Level Control

The Level control sets the attenuation of the input
signal. For normal operation set the Level control
on Max (no attenuation).

Aural Exciter has an internal gain structure that
boosts +6 dB of the output from the high-passfilter
into theside-chain. The Drive switch further boosts
the signal level fed into the harmonics generator.
When Driveisset to Normal, you obtain aboost of
+6 dB; in the High position you can get an addi-
tional 6 dB of gain, for atotal maximum boost of
+18 dB. Y ou can also generate a boost in the high-
pass filter section by setting Peaking to Max.

If you run into headroom problems when adjusting
the Mix control, adjust the Level control to gener-
ate the necessary headroom.
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Tune Control

The Tune control sets the bandwidth (corner fre-
guency) of the second order high-passfilter in the
side-chain prior to the harmonics generator. The
range of the control extendsfrom 700 Hz to 7 kHz.
The following figure shows the range of the Tune
control from 700 Hz to 7 kHz with Null Fill set
near Min and Peaking set at the mid-point position.

Noticetheinteraction that the Peaking and Null Fill
controls have on Tune, as well as on each other.

TYPE Il TUNING RANGE

TUNE at 700 Hz
l—
L

RESP! ’ / /
/ 3
ESPONSE (dB) / 1

TUNE at 3 kHz
(midpoint)

I

1

T

1

e ] :

N S TUNEat7kHz
.

NULL FILL at Minimum
PEAKING at midpoint
for all curves

200 1000 10000 100000
FREQUENCY (Hz)

Tune control

Peaking Control

The Peaking control provides a damping effect on
the leading frequency edge of the high-pass filter
controlled by Tune. Asyou vary this control from
Min to Max, the Tune frequency becomes more ac-
centuated, as shown in the following figure. How-
ever, at the sametime, adip is created just before
the accentuated Tune frequency. Thisdip or null
becomes larger as Peaking is increased.

TYPE Il PEAKING RESPONSE

|__—— PEAKING at MAX

2 1< [ PEAKING
g # atMIDPOINT

RESPONSE (dB) —

PEAKING at MIN

NULL FILL at MIN
TUNE at midpoint
for all curves

Peaking control
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The amount of Peaking is displayed as a percent-
age.

Null Fill Control

The Null Fill control adjusts the curve of the high-
passfilter to “fill in” the null caused by the sum-
ming of the side-chain return signal and the input
signal.

The amount of Null Fill is displayed as a percent-
age.

This control compensates for “ phase pulling,”
which occurs as aside effect of thetime delay pres-
ent intheside-chain signal, animportant part of the
Aural Exciter operating theory. As the time delay
“stretches’ transient waveforms to create a percep-
tion of louder sound, a“dip” or “null” aso occurs
in the output equalization curve at the Tune fre-
quency. Asaresult, the “null” frequencies are de-
emphasized, thus giving even more emphasisto the
higher frequencies. Although this often is a desir-
able effect, the Null Fill control was created to al-
low the user to fill-in the null by a selectable
amount for any applications requiring less empha
sis.

Thefollowing figure showsthreedifferent Null Fill
settings with Tune set at the mid-point position.
With the Null Fill control set at Min, thereis ano-
ticeable drop in the frequency response, just before
the start of the high-pass shelf boost. At this setting,
program material under enhancement would lose
some presence. When the Null Fill control is set at
Max, thefrequency dipisfilled, but thefrequencies
associated with the shelf top become accentuated.
Also notice the shift in the Tune frequency (0 dB
axis) for the range of Null Fill settings.
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TYPE Il NULL FILLRANGE

NULL FILL at MAX

—

NULL FILL at
RESPONSE (dB) Midpoint

NULL FILL at MIN

PEAKING at midpoint
for all curves

200 1000 10000 100000
FREQUENCY (Hz)

Null Fill control

Harmonics Control

The Harmonics control adjusts the amount of har-
monics being generated, which is displayed as a
percentage underneath the controls.

The harmonic generator produces harmonic com-
ponents according to acomplex set of laws, includ-
ing considerations for transient and steady-state
qualities, as well asrelative amplitude of the origi-
nal audio signal.

As you move the control up, harmonic content in-
creases proportionally as it works in conjunction
with the Timbre control. Moreover, the amount of
harmonics generated is dependent on the input
level. The gain of the harmonics automatically in-
creases as the input level increases.

The generated harmonics are not products of har-
monic distortion, since they are intelligently pro-
duced and formed into a power envel ope that en-
hances rather than distorts the final audio signal.

255



Timbre Control

The Timbre control sets the order or type of har-
monic signal being generated by way of the Har-
monics control. The control can be varied from all
Even harmonicsinthe Min position, to all Odd har-
monics at the Max position. Odd order harmonics
will sound softer to your ear, while even harmonics
will sound harsher.

Varying the Timbre control between the two ex-
tremes will provide you with amix of both Even
and Odd harmonicsin proportion to the control po-
sition. To emphasize the effect of the Timbre con-
trol, set the Density switch to High.

The Timbre control display ranges from +100%
(all Odd) to —100% (all Even).

Mix Control

The Mix control determines the amount of Aural
Exciter enhancement mixed into the original sig-
nal. The control ranges from Min (no enhance-
ment), up to Max, representing approximately a

6 dB boost when the Drive switchis set to Normal,
and approximately an 18 dB boost when it is set to
High.

The amount of enhancement mixed into the origi-
nal signal is displayed as a percentage.
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Switches

Drive Switch

The Drive switch offers two settings, Normal

(+6 dB) and High (+18 dB). This setstheinput sen-
sitivity to the harmonics generator. In general, this
switch will be left in the Normal position. How-
ever, weak signalsmay requiremoregain, inwhich
case you should place this switch in the High posi-
tion.

Use the Drive meter to determineif the signal gain
needs to be increased. When the meter level stays

inthegreen area(never rising into the yellow area),
then theinput signal istoo low. Raisetheinput sen-
sitivity by toggling the Drive switch to High.

The switch illuminates when Driveis set to High.

Density Switch

The Density switch determines the amount of har-
monics generated by choosing one of two different
harmonics generator algorithms. When set on
High, the output from the harmonic generator ex-
pandslow level signalsand compressesthe highest
peaks. This setting provides ahigher density of har-
monics with better control of peak levels.

Since the amount of harmonicsis dependent on the
input level, start with the switch set to Normal.
Switchto Highiif you still want agreater density of
harmonics after the input level is set.

The switch illuminates when Density is set to High.
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AX Switch

The Ax switch gives you the choice of turning the
Aural Excitement process On or Off. The Ax
switchilluminateswhen Ax isengaged, confirming
that the effect is On.

Unlikethe Bypass switch, theaudio signal fromthe
input doestravel through the processing algorithm
on the way to the output whenever Ax is Off. This
means that the SPR effect can till be active, by
switching Ax Off and SPR On.

Solo Switch

When engaged, the Solo switch gives you achoice
of auditioning the Aural Excitement signa without
the main audio, The switch illuminates when Solo
isactive.

Asan application for the Solo switch, select Solo to
return the pure effect back to the mixing consolefor
precise memory control of the Aural Excitement
signal only.

SPR Switch

The SPR switch controls the Spectral Phase Re-
fractor effect. Thiseffectisindependent of all other
controls or switches, except Bypass. The switch il-
luminates when SPR is engaged, confirming that
SPR is On. SPR processes the main audio signal in
such away that bass frequencies (up to 150 Hz)
lead phase in relation to the rest of the spectrum.

Through the many steps of recording, duplicating,
distributing, and reproducing sound, the phase of
the low frequency audio spectrum becomes de-
layed compared to mid and high frequencies. SPR
corrects the bass delay anomaly to restore clarity
and openness and significantly increases the appar-
ent bassenergy level without adding any amplitude
equalization or bass boost.
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To audition the effect of SPR on the audio signal,

turn the Ax switch Off and turn SPR On. Then al-
ternately turn the Bypass switch On and Off to hear
the SPR effect on incoming audio.

The SPR function is shown in thefollowing figure,
which shows the frequency dependent time delay
that is produced. Note that thisis not the same asa
group delay. Group delay isaconstant timedelay at
al frequencies.

SPECTRAL PHASE REFRACTOR
PSYCHOACOUSTIC PHASE

300 [~

PHASE (Degrees)

TIME DELAY (Milliseconds)

w0 10000
AUDIO FREQUENCY (Hz)

SPR switch

Bypass Switch

The Bypass switch allows the main audio signal to
bypass the Aural Exciter plug-in completely.

The indicator switch illuminates when Bypassis
engaged.

The Bypass switch on the plug-in provides the
same function as the Bypass button in the
Pro Tools Plug-In window, on a per-channel basis.

Link Switch

The Link switchisfor stereo operation only. It
linkstheleft and right controls so they work asone.
Grab the control on one page with the cursor and
moveit to the required position. The control on the
other page automatically updates. In thisway both
controls can be set to the exact same position. Ste-
reo controls may be linked temporarily by holding
down the Shift key while adjusting the control.

The switch illuminates when Link is activated.
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LR (Left/Right) Switches

The LR switch isfor stereo operation only. It al-
lows you to view or change parameters on one
channel at atime.

The switch for the currently displayed channel illu-
minates.

To edit both channels simultaneously, click the
Link switch.

Using Aural Exciter 11

In the recording studio, post production suite, or
similar environment, post-processing of previously
recorded audio tracks with Aural Exciter can re-
store lost vibrancy and realism, even to the extent
of saving dialogue or sound effects which were
thought to be unusable. Instruments and vocals can
be made to stand out in the mix without substan-
tially increasing the mix levels or using equaliza-
tion.

ThePro Toolsmixing environmentisvery flexible,
offering several ways to route and use Aural Ex-
citer in asession. This section provides some sug-
gestions for efficient use of Aural Exciter in your
Pro Tools sessions. The exact stepsyou taketo use
Aural Exciter’s capabilities will differ depending
on the nature of your session and your specific
Pro Tools mixer configuration.

Setting the Gain Structure

If the input material has avery high peak-to-peak
level and no additional headroom for Exciter ef-
fects, use the Level fader to adjust the signal level
to avoid over-coloring the signal.
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When using digital audio asasound source, such as
aCD Player with S/IPDIF outputs, thereis avery
high peak-to-peak level becausethe material onthe
CD isoptimized for the best signal-to-noise perfor-
mance. In thissituation the Level fader can be used
to adjust the signal level to gain additional head-
room.

In an analog based system you will have the same
headroom problem when using a very high peak-
to-peak level signal.

Using the Level fader to adjust for more headroom
is also useful when restoring older recordings.

For optimal performance keep the peak hold meter
of the Drive meter inside the yellow area. The
harder you drive the Exciter, the more Exciter en-
hancement you generate. If you cannot get the
Drive meter to register in the yellow area, try set-
ting the Drive switch to High.

Optimizing Aural Exciter Effects

When using Aural Exciter, the output signal level
hasto be equal to theinput signal level plusthe en-
hanced Exciter effect. The dynamic characteristics
of the harmonic generator used in the Aural Exciter
plug-in are based on a complex algorithm that in-
cludes the signal peak level, the averaged steady
state level, and the dynamic characteristics.

Unlike an EQ, which adds a constant boost in the
high end, Aural Exciter enhancement is added into
the input signal is such away that the average sig-
nal level will be virtually unchanged.

The Level, Tune, Peaking, Null Fill, Harmonics,
Timbre and Mix faders provide separate | eft and
right faders when in stereo. For stereo, a separate
set of switches for independent control of the |eft
and right channelsis provided for Ax, Solo, SPR,
Bypass, Drive and Density.
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The Tune fader adjusts the corner frequency of the
high passfilter and the Mix fader variesthe amount
of Aural Exciter enhancement that is mixed with
the unmodified signal.

Experiment with the Aural Exciter controlsto hear
how each one enhances the original audio signal.

To experiment with Aural Exciter:

1 Set the Level fader on Max.

2 Set the Drive switch to reflect the current nomi-
nal level.

3 Makesurethe Bypass switch is deactivated (By-
pass light off).

4 Make surethe Ax switch is activated (Ax light
on).

5 Set Density to Normal. (Density light off). As
you make the following adjustments, alternate
the Density switch between Normal and High to
hear the change in the Aural Exciter effect.

6 PuttheAural Exciter Mix fader on Max, making
it easier to hear the effect asit changes.

7 Vary the Tunefader and listen for the frequency
range that is being enhanced. The Tune fader
can be used to enhance a particular instrument
so it stands out in the mix.

8 Adjust the Harmonics fader and listen for the
change in harmonics being added to the original
audio signal.

9 When finished experimenting, set the Mix con-
trol to taste. Keep in mind that alittle Aural Ex-
citer goes along way.
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Using the Tune Fader

After awhile you'll get a sense of where you like
your Tune setting when using Aural Exciter onin-
dividual tracks. It’s best not to process the same
range of frequencieswith the Tunefader during the
final mix. If you already processed individual
tracks with Aural Exciter, try starting the final mix
with the Tune fader in the maximum position
which is approximately 7 kHz. Y ou should get a
spacious, three-dimensional mix with an open

“ary” quality.

Using the SPR Switch

The SPR function can produce a useful effect with
solo voices (human and instrumental) or mixed
programs (such as drama and music). Thereis no
specific time when SPR should or shouldn’t be
used. Experiment with it on various types of mate-
rial until you get used to the effect. Listen carefully
as you operate the SPR switch. The effect may be
noticed only at certain times (such as specific mod-
ulations of avoice or during aparticular instrumen-
tal playing style or passage). Don't expect to hear
the sound change radically. The SPR is usually
subtle, adding a certain beauty and good feeling to
the sound. In time you will find that the SPR does
indeed produce demonstrable results.

For instance, the SPR effect can:
« Drop pitch of ultralow bass

* Increase apparent bass power

» Unmask instruments or sonic details hidden in
the mix

* Improve definition of high frequency sounds
(such as on cymbals and bells)

* Improve speech articulation and presence

* Increase depth and clarity of male voices
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Successful use of the SPR depends on the character
of the original sound. It is hard to predict in ad-
vancewhat will bethe effect of the SPR. Typically,
you may find it useful about 50% of the time. At
other times, there will belittle or no discernible ef-
fect. Seldom doesthe effect damage good audio, so
it could be left on as a matter of course.

A few examples of audio material likely to be
helped by the SPR are:

 Highly overdubbed tape tracks

 Live acoustic recordings

« Electronic keyboards

* Productions composed from tape cartridge and
cassette sources

» Material recorded with transformer coupled mic
preamps

 Vocals recorded with dynamic microphones

» Reverberant live sound or recordings

 Highly equalized materia

« Delayed, flanged, or digitally processed material

» Material from broadcast audio reception (such as
store casting and muzak)
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Chapter 44: Aphex Big Bottom Pro

Aphex Big Bottom Pro isan AAX plug-in that retains the look and sound of Aphex Systems' renowned
hardware units. Aphex Systems, Inc. first introduced Big Bottom Pro in 1992 as part of the Model 104.
Sincethen, Big Bottom Pro has become a standard in the professional audio industry, and has been used on
numerous albums, CDs, movies, broadcast productions, commercials, and concerts. The Big Bottom Pro
plug-in for Pro Tools continues this tradition of success, and isready for use with the latest cutting edge

music productions.

ARPHEX

BIG BOTTOM

Aphex Big Bottom Pro

Big Bottom Pro provides more energy to the bass
(increasing its sustain and density). It dynamically
contours the bass response of a complex range of
shapes in the 40 to 400 Hz range, isolating and en-
hancing the lowest frequenciesto provide adeeper,
more resonant bass. Big Bottom increases the per-
ception of low frequencies without significantly in-
creasing the maximum peak output.

Big Bottom Pro is asingle-ended process which
can beinserted at any point within the audio chain.
Theinput signa is split into two parts. One part
goesto the output unmodified, whilethe other part,
known as a side-chain, goes through Big Bottom
Pro. The side-chain consists of atunable low pass
filter followed by a dynamic processor.
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Big Bottomisavailablein DSP, Native, and Audio-
Suite formats.

Big Bottom supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

Big Bottom Pro operates asamono, multi-mono, or
stereo plug-in.
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BLOCK DIAGRAM OF BIG BOTTOM PRO

OUTPUT

r System 1
| Bypass (closed)
| Solo
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| @ Attenuation b summing b T
| -op0 -
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l____________'________________________l

Drive (+12 dB, —)
O

Low Pass

Dynamic
Compressor

Filter

| Programmed
Gain Buffer

BIG BOTTOM SIDE-CHAIN
—

Block Diagram of Aphex Big Bottom Pro

Tune
(40 to 400 Hz)

Meters

Drive Meter

Theinput Drive peak meter indicates the actual
peak level to the Big Bottom Pro side-chain.

Compression Meter

The Compression (Comp) meter indicates the ac-
tual amount of compression taking placein the Big
Bottom Pro side-chain. If the Comp meter is not
showing any activity theinput level istoo low. Ad-
just the Level and Drive controls accordingly.
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Attenuation I

AUTO TRACE Mix Phase
(On/Off) (+12 dB, —e) (ON/Off)

Out Meter

The Output peak meter indicates the actual peak
level after mixing the Big Bottom Pro side-chain
with the original input signal.

Q Audition the loudest or peak sections of
°~ your audio material to avoid Big Bottom
Pro output clipping: Usethe Out Meter to
check for clipping.
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Rotary Controls

Level Control

The Level control sets the attenuation of the input
signal. For normal operation set the Level control
on Max (0 dB).

In the event you are not generating enough bass en-
hancement (even when the Mix control is also set
on Max), lower the Level control. Thiswill givethe
plug-in more headroom by generating less com-
pression in the dynamic processor, resulting in a
more powerful side-chain signal. If you need more
headroom when adjusting the Mix control, lower
the input Level and re-tune the Mix control.

Drive Control

The Drive control sets the sensitivity to the bass
generating side-chain. The corresponding Drive
meter showsthe actual peak level of the side-chain
input. There is aboost in the side-chain signal of
+12 dB, when the Drive control is set to Max.

The Drive control needs to be set at a point where
the dynamic processor receives the optimum level
required for Big Bottom Pro to work effectively.
To find the optimum level, adjust the Drive control
until the Comp meter displaysin the yellow area.
Make sure the Drive meter does not indicate clip-

ping.

If the Comp meter is not showing any activity, the
input level istoo low. Adjust the Level control ac-
cordingly. When the AutoTrace switch is set to the
On position, the setting of the Drive control isless
sensitive, and the Big Bottom Pro side-chain af-
fectsawider input range.

In general, higher Drive settings to the side-chain
provide better control over peaks, while lower
Drive settings tend to produce a more open sound.
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By adjusting both the Drive and Mix controls, you
can experiment with the different “colors” or tim-

bral modifications Big Bottom Pro is ableto gener-
ate.

Tune Control

The Tune control sets the bandwidth (corner fre-
quency) of thelow passfilter intheside-chain prior
to the dynamics processor. The range of the Tune
control isfrom 40-400 Hz.

Asidefrom the Mix control, thisisthe most import-
ant control on the Big Bottom Pro plug-in.

The Tune control is used to isolate the range of fre-
guencies being enhanced by Big Bottom Pro.

Mix Control

The Mix control adjusts the amount of the Big Bot-
tom Pro enhancement signal being added to the
original signal. Thelower the setting the subtler the
effect. Thehigher the setting, the more dramatic the
effect. It’simportant to note that higher settings
may increase the peak output.

Switches

In/Out Switch

The In/Out switch gives you the choice of turning
the Big Bottom Pro process On or Off. When the
switch is set to the On position, Big Bottom Pro en-
hancement is sent to the outputs.

The switch illuminates when the Big Bottom Pro
effect is activated.

Unlike system bypass, the audio from the input
travel sthrough the DSP a gorithm on theway to the
output whenever the In/Out switch is set to Off.
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Switching back and forth from On to Off provides
aquick A/B comparison, allowing you to hear the
enhancements from the Big Bottom Pro effect in
your program content.

Solo Switch

When engaged, the Solo switch allows you to audi-
tion the Big Bottom Pro side-chain effect without
themainaudio signal. Theswitch illuminateswhen
the Solo switch is activated.

Phase Switch

The Phase switch allows you to alter the phase of
the side-chain signal, which contains the Big Bot-
tom Pro effect, beforeit is mixed with the original
input signal. Thisfunction isused asaoptional way
to change the “quality” of the Big Bottom Pro ef-
fect.

The switch illuminates when the Phase switch is
activated.

Altering the side-chain signal’ s phase dramatically
effects the sound of the Big Bottom Pro enhance-
ment. With the Phase switch turned Off, you will
recognize the Big Bottom Pro effect found in the
Aphex Model 104.

Asan exclusive feature for this DSP plug-in, we
have added the Phase switch. When activated, the
Phase switch alters the Big Bottom Pro effect by
setting the side-chain in-phase with the main sig-
nal. Thisincreases the output peak level. Use the
Mix or Level controlsto restore the output peak
level if the Drive meter indicates clipping.
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AutoTrace Switch

Activating the AutoTrace switch enables an auto-
matic threshold function for the compressor within
the Big Bottom Pro side-chain. The AutoTrace
function enables the dynamic processor to self-op-
timize during normal operation. The switch illumi-
nates when the AutoTrace switch is activated.

Thiscontrol is particularly useful when you want a
subtle Big Bottom Pro effect, or when the peak
level of the input material varies over time. The
AutoTrace feature is also ideal for changing the
sound characteristics of the Big Bottom Pro effect.
Drivecontrol adjustmentswill be reduced whenthe
AutoTrace switch is activated.

Link Switch

The Link switchisfor stereo operation only. It
linkstheleft and right controls so they work asone.
Grab a control on one page with the cursor and
move it to the desired position. The control on the
other page automatically updates. In thisway both
controls can be set to the exact same position. Ste-
reo controls may be linked temporarily by holding
down the Shift key while adjusting the control.

The switch illuminates when Link is activated.

LR (Left/Right) Switches

The LR switch isfor stereo operation only. It a-
lows you to view or change parameters on one
channel at atime.

The switch for the currently displayed channel illu-
minates. Clicking the unlit switch changes the dis-
play to the other channel.

To edit both channels simultaneously, click on the
Link switch.
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Using Big Bottom Pro

By putting Big Bottom Pro to usein a Pro Tools
session you will find many creative uses for its
powerful processing capabilities.

The remaining sections provide instructions on
how to get the most out of Big Bottom Pro.

Setting the Gain Structure

If theamount of Big Bottom Pro effect islimited by
alack of headroom in the input material, use the
Level control to adjust the signal level to avoid
clipping. When using Big Bottom Pro with the
Phase switch in the Off position, it is possible to
achieve a substantial increase in bass energy with-
out significantly increasing the peak level output.

For optimal performance keep the peak hold meter
of the Drive meter inside the yellow area.

Optimizing Big Bottom Pro
Effects

When using Big Bottom Pro, the output signal level
isequal to the input signa levels plus the bass en-
hanced Big Bottom Pro effect. The dynamic char-
acteristics of Big Bottom Pro are based on a com-
plex agorithm that includes the signal peak level,
the average steady staid level as well asthe dy-
namic characteristics. Unlike a bass EQ, which
adds a constant boost in the low end, Big Bottom
Pro enhancement is added into the input signal dy-
namically.
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Starting with the factory settings, experiment with
the controls on Big Bottom Pro to hear how this
plug-in effects the low-end frequencies of your
source material, as follows:

« |If theDrivemeter isclipping (intheyellow area),
adjust the Drive control for optimal operation.

¢ Activatethe Solo switch to listen to only the Big
Bottom Pro side-chain effect.

* Vary the Tune control to hear the low-pass filter
isolate thelow-end bandwidths of the original in-
put signa.

« De-activate the Solo switch and continueto vary
the Tune control until you find the optimal set-
ting.

¢ Adjust the Mix control to set the amount of Big
Bottom Pro effect.

» Usethe In/Out switch for an A/B comparison
with the output signal and the original input sig-
nal.

* Activate the Phase switch and observe the
change in the sound characteristics of the Big
Bottom Pro effect. For most applications, leave
the Phase switch in the Off position.

« Activate the AutoTrace switch and observe the
change in the sound characteristics. Also notice
that the compression level in the dynamic pro-
cessor, shown by the Comp meter, is affected as
well.

* Readjust the Mix control as desired, to experi-
ence the benefits of the Big Bottom Pro plug-in.
Remember that alittle Big Bottom Pro effect
goes along way.
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Chapter 45: Eleven

Eleven isaguitar amplifier plug-in that isavailablein DSP, Native, and AudioSuite formats. Eleven gives
you stunning guitar amplifier, cabinet, and microphone models of the “ best of the best” vintage and con-
temporary gear.

Eleven Freeisafree version of Eleven that comes with every Pro Tools system, with areduced feature set.
Eleven Free comesin Native and AudioSuite formats only.

Eleven Plug-in
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Eleven Free Plug-In Features

Two custom amp models from Avid

Two speaker cabinet models

Amps and cabinets can be mixed and matched
Noise Gate to control any unwanted noise

Settingsfiles (presets) to store and recall factory
and custom tones

Support of any compatiblework surfaceor MIDI
controller. MIDI Learn provides effortless map-
ping to any continuous controller (CC)—capable
MIDI device

Support for samplerates of 44.1 kHz, 48 kHz,
88.2 kHz, and 96 kHz

Support for mono or multi-mono operation, in up
to 8 channel (7.1) format

Q Eleven can share preset data with the
" Eleven Rack guitar processor/audio interface
from Avid. For more information, seethe
Eleven Rack User Guide.
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Eleven Plug-In Features

 Classic amp models that faithfully recreate the
sound and dynamic response of the original amps

« Highly accurate speaker cabinet models with
variable speaker breakup (cone distortion)

* Selectable mics, with on- and off-axis options

« Amps, cabs, and mics can be mixed and matched
into nearly limitless combinations

» Amps and cabs can be bypassed separately
* All controls can be automated
« Noise Gate to control any unwanted noise

* Settingsfiles (presets) to store and recall factory
and custom tones

* Support of any compatible Ethernet or MIDI
controller. MIDI Learn provides effortless map-
ping to any continuous controller (CC)—capable
MIDI device

e Support for sample rates of 44.1 kHz, 48 kHz,
88.2 kHz, and 96 kHz

* Support for mono or multi-mono operation, inup
to 8 channel (7.1) format
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Eleven Input Calibration and QuickStart

This section shows you how to get connected, calibrated, and cranking through Eleven as quickly as
possible.

Before You Begin with Eleven
Eleven was designed to model the essential aspects of each amplifier including characteristics of the input
stage. Providing an appropriate level of signal delivers the most accurate response from the plug-in.

« If you are working with pre-recorded guitar tracks, see “Using Eleven with Pre-Recorded Tracks’ on
page 271.

« If you are working with alive guitar signal, follow the steps on the next few pages for optimal input level
calibration. Input calibration takes only acouple of minutes, and hel ps ensure the best resultswith Eleven,
its amps, and its factory presets.

Source Hardware Pro Tools Eleven

Track Preset [}
Gultar a <factory default>
Elaven Free N compARE

MIDI Node: Eleven Free 1

(@.TII@.‘;I.'II HE0) :!5.) —> Input LED

(Should be

yellow or
orange)

Vol at max

©

Hardware input gain

Pro Tools level

Basic gain stages to calibrate live guitar input for Eleven
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Connect your Guitar and
Configure Source Input

If your setup includes pedals or other gear, it helps
to know whether the final output deviceis provid-
ing an instrument- or line-level signal. Choose and
configure your input and source settings accord-
ingly. (Check the Setup Guide that came with your
system for more information.)

To connect your guitar to a Pro Tools host-based
system:

1 Do one of the following, depending on your
hardware configuration:

« If you are using an interface that has a DI input
(such asaPro Tools | Mbox Pro), plug your gui-
tar into an available DI input.

« If you are using your computer’s built-in inputs,
plug your guitar into an available input.

(¥ If you use a direct box to convert your gui-
tar’s hi-impedance output to a low-imped-
ancesignal, connect thedirect boxtoamicor
line input instead of the DI input.

2 Make sureto use the correct input on your inter-
face. For example, on Mbox Pro, plug your gui-
tar into front-panel DI Inputs 1 or 2.

Mbox Pro DI Inputs 1 and 2

A\ Mbox Pro back-panel 1/4” inputsare
line-level only and should not be used
with a guitar.
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To connect your guitar to a Pro Tools HD system:

1 Make sure you have a pre-amp (such asan
Pro Tools | PRE) or similar unit connected to a
Pro Tools HD audio interface (such as a
Pro Tools | HD 1/0). (Note that
Pro Tools | HD OMNI provides built-in pre-
amps.)

2 Plug your guitar into an available pre-amp input
and set its source, impedance, and other settings
as needed for your setup.

Q If you use a direct box to convert your gui-

" tar’s hi-impedance output to a low-imped-
ance signal, set the Line/Inst 1 input to Line

source or the equivalent on your particular

pre-amp.

For example, if you are using a PRE, you can plug
your guitar directly into the front panel Line/Inst 1
input, then set its source to Inst.

P

S

Y
PRE (or other pre-amp)

HD audio interface

Guitar into Avid PRE into a 192 I/O
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Set Hardware and Levels

After plugging in, do the following to set your pri-
mary gain and configure your Pro Tools hardware
by watching itsinput indicators (meters). This sets
the first stage of your gain structure for Eleven.

To prepare your guitar and Pro Tools host-based

hardware for input calibration:

1 InPro Toals, choose Setup > Playback Engine
and set your Hardware Buffer to alow enough
setting to reduce monitor latency.

2 Onyour guitar, select the highest output pickup
or position and set the volume and tone controls
to 10 (maximum).

3 Strum full chords (your loudest expected play-
ing) while watching the Input indicators on your
audio hardware.

4 Adjust the Input Gain on your audio interface
high enough to indicate a strong signal on the
hardware Input LED (but not overloading the
input).

Input 1 Gain on Mbox Pro

To prepare your guitar and HD hardware for input

calibration:

1 Onyour guitar, select the highest output pickup
or position and set all volume and tone controls
to the maximum.

2 Strum full chords (your loudest expected play-
ing) whilewatching the Input indicators on your
audio hardware.
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3 Adjust your pre-amp input gain until you seea
strong signa on your audio interface Input me-
ters (but not overloading the input).

Set Up a Pro Tools Track
In this step, you'll create and configure an audio
track to use for the final stage of input calibration.

To set up and check Track level (all systems):

1 Choose Tracks > New, and create one mono
Audio track.

2 IntheMix window, click thetrack Input selector
and choose your guitar input.

3 Click thetrack Insert selector and select Eleven.

One audio track for input calibration on Pro Tools

4 Record enable the audio track, or enableits
TrackInput monitoring button (Pro Tools HD
software only).
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Set Up Eleven
Use Eleven’s Input LED to make final gain adjust-
ments and complete the input calibration process.

To calibrate your input signal to the Eleven plug-in:

1 Open the Eleven plug-in window by clicking its
insert slot. Leaveit at its default settings.

Eleven’s Input LED (top) and Clip LED (bottom)

2 Strum as hard as you can afew more times and
watch Eleven's Input LED to see where your
level registers. The Input LED lights green, yel-
low, orange, or red to indicate the following
level ranges:

Green (Off to -8) Indicates signal is present, but
too low.

Yellow (-8 to —4) Indicates the best level for low
output sources, such as single coil pickups.

Orange (-4 to 0) Indicates the best level for higher
output sources, such as humbucker pickups.

Red (0 and above) Indicates that you have clipped
the plug-in input. Click the Input LED to clear the
clip indicator.
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3 Leaving the Input control on the plug-in at its
default setting of 0 (12:00 position), set the sig-
nal level going to the plug-in by adjusting thein-
put gain control on your hardwareuntil Eleven’s
Input LED shows yellow or orange.

4 After calibrating, strum asyou normally would
and/or back down your guitar volume from the
maximum setting used for input calibration.
Don’t worry about the Input LED showing yel-
low or orange when playing normally. Aslong
astheplug-inisn'tindicating clipping, your gain
staging should be established.

5 Adjust the Output knob in Eleven's Master sec-
tion to raise or lower the plug-in output signal.

A Proper input calibration of live guitar does not
require any adjustment of Eleven’s Input con-
trol. To learn how this control was
designed to work with the amp models, see
“Input” on page 275.

Using Eleven with Pre-Recorded
Tracks

If the pre-recorded tracks were not calibrated with
the Eleven plug-in using the method previously de-
scribed, you can use the Input control in Eleven to
adjust the signal level feeding the input stage of the
amp model.

Use your ears as a guide and adjust to taste. Since
the Input LED measures the signal level entering
the plug-in and precedes the input control, you will
not see any changesto the Input LED as you make
adjustments.

See “ Processing Pre-Recorded Tracks
Through Eleven” on page 284 for more
information.
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Getting Started Playing Music
with Eleven

To get started playing music with Eleven:

1 Makesureyou aready calibrated your input sig-
nal as explained in the previous sections of this
chapter.

2 Click the plug-in Librarian menu and choose a
factory preset, then play guitar. Take your time
to explore — the Presets let you hear al of
Eleven's different amps and combos.

Track

Ao 1 a ory dafault>

TS comPARE

Eleven Frea

MIDI Mode: Elevan Frea 1

Librarian menu (left) and the Settings menu (right)

3 Pick any amp and cabinet from the available
types (see " Pairing Amps and Cabinets’ on
page 279.)

4 Referto“Using Eleven” on page 272 for details
on Eleven’s main controls, and for suggested
track setups for recording and mixing.

Q Use the Settings menu to save, copy, paste,
~ and manage plug-in settings files. To save a
setting, see “ Eleven Settings (Presets)” on
page 274.
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Using Eleven

The following sections introduce you to the main
sections and controls in Eleven and show you how
tousethem. You'll aso find suggested track setups
and signal routing tipsto help you get the most out
of Eleven.

Inserting Eleven on Tracks

Eleven can be inserted on Pro Tools audio, Auxil-
iary Input, Master Fader, or Instrument tracks.

To insert Eleven on a track:

= Click an Insert selector on the track and choose
Eleven or Eleven LE.

Channel Formats

Eleven is available as a mono or multi-mono plug-
inonly. For usein stereo or greater formats choose
the multi-mono version.

Sample Rates

Eleven supports 44.1 kHz, 48 kHz, 88.2 kHz and
96 kHz sample rates.

Category and Manufacturer

When Pro Tools plug-ins are organized by
Category or Manufacturer, Elevenislisted as
follows:

Category Harmonic

Manufacturer Avid
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Adjusting Eleven Controls

This section tells you how to adjust controls using
your mouse, aPro Tools controller, or withaMIDI
device.

Navigating the Amp, Cab, and Mic Type
Selectors

Y ou can click on the name of the current Amp
Type, Cab Type, or Mic Type to display their pop-
up menus and select an item.

Y ou can also click the Previous/Next arrowsto step
through Amp, Cabinet, and Mic choices one at a
time.

Previous arrow (top) and Next arrow (bottom) (Amp
Type shown)

Q You can control the Amp, Cab, and Mic Type
" selectorswith MIDI. See“ Using MIDI and
MIDI Learn with Eleven” on page 273.

Groups and Linked Plug-In Controls

Eleven' s parameters can follow Pro Tools Groups
(Mix, Edit, or Mix/Edit) for linked control of mul-
tiple inserts. For more information, see the

Pro Tools Reference Guide.

Using Automation

All of Eleven’s parameters can be automated.
When a parameter has been enabled for automa-
tion, an LED appearslit near that control.

See the Pro Tools Reference Guide for more
information on plug-in automation.
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Using a Controller with Eleven

Eleven can be controlled directly from any compat-
ible Pro Tools controller. Eleven appears along
with other plug-ins and can be assigned, edited, by-
passed and automated using the Insert section as
available on the particular controller being used.

About Unused Controls and Controllers

Some amps that have relatively few controls (such
as the Tweed Lux) will display controls on a con-
troller that are not actually available with that par-
ticular amp model. Even though you can adjust
these unused encoders or switches, only those con-
trols seen on-screen for any amp can be adjusted
from acontroller. Changing an unused control does
nothing to the current amp, but does alter the value
of that unused control. If you switch to a different
amp that does include that (previously unused)
control, the new amp inherits the altered setting
which can lead to sudden jumpsin gain or other set-
tings.

Using MIDI and MIDI Learn with
Eleven

Eleven supports MIDI Control Change (CC) mes-
sages, meaning that the Master section, amp, cabi-
net and mic parameters can be controlled remotely
by any CC-capable MIDI device. Thisincludes
MIDI controllers, mixers, and instruments, aswell
asthe 003® (in MIDI Mode).

MIDI Learn lets you quickly map plug-in controls
to aMIDI foot pedal, switch, fader, knob, or other
CC-compatible trigger. Y ou can also manualy as-
sign controls to specific MIDI CC values.

MIDI control assignments are saved and restored
with the Pro Tools session in which they are de-
fined. Settings files (presets) for Eleven do not
store or recall MIDI Learn assignments.
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To map a MIDI controller to a parameter:

1 Make sureyour external MIDI deviceis con-
nected to your system, and recognized by your
MIDI Studio Setup (Windows) or Audio MIDI
Setup (Mac).

2 CreateaMIDI track.

3 Set theinput of the MIDI track to accept input
from your external MIDI device.

4 Set the output of the MIDI track to Eleven.

5 Right-click onany control in Eleven, and do one
of the following:

« Click Learn, then move a control on your MIDI
controller. Pro Tools maps whichever control
you touch to that plug-in parameter.

« If you know the MIDI CC va ue of your foot con-
troller or other device, select it from the Assign
menu.

6 Right-click on any control in Eleven.

cCo
CC1 Moct Wheel
ccz

Right-clicking for MIDI Learn

Q On Mac, you can Control-click an Eleven pa-
°  rameter to show the MIDI Learn menu. Note
that you won't be able to use the Control key
modifier to “ clutch” a Grouped control.
To clear a MIDI assignment:

= Right-click the control and choose Forget.
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Eleven Settings (Presets)

Y ou can pick apreset from the plug-in Librarian

menu.

To load a preset:

= Click the Librarian menu and select an available
Settingsfile.

Librarian menu
Settings menu

Plug-In controls for Eleven Settings files

Y ou can save, import, copy, paste, and manage set-
tings using the Settings menu.

To save your settings as an Eleven preset:

= Click the Settings menu and choose Save Set-
tings. Name the preset, choose a location, and
click Save.

Y ou can scroll through and select preconfigured
Eleven Settingsfiles (presets) using the plug-in Li-
brarian menu, and the +/— buttons.

For more information on Settings files and
folders, see the Pro Tools Reference Guide.
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Master Section

The Master section includes plug-in I/O
(input/output) and noise gate controls, the
Amp Type selector and the Cab Type selector.

The Master section doesn’t change when you
switch amps. Master section settings are stored and
recalled with plug-in presets.

Input Amp Type
‘ Gate

Output
’ Cab Type ’

Master section

Input LED

TheInput LED showsgreen, yellow, orange, or red
to indicate whether you are under- or over-driving
the plug-in. The Input LED is before the Input sec-
tion of the Master section. To learn more about the
Input LED within the Eleven signal chain, see
“Eleven Signal Flow Notes’ on page 291.

Input

The Input knob providesinput trim/boost, for tone
and distortion control. The Input rangeis—18 dB to
+18 dB.

The Input knob provides agreat way to increase or
decrease gain with amp models that don't have a
separate preamp control. It also provides away to
trim or boost the level of pre-recorded tracks you
want to treat with Eleven

The setting of the Input knob is saved and restored
with Settings files (presets).

Q To learn more about the Input control, see
“ Eleven Sgnal Flow Notes’ on page 291
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Output

The Output control sets the output gain after pro-
cessing, letting you make up gain or prevent clip-
ping on the channel where the plug-in is being
used. Output range is—60 dB to +18 dB.

Q When you want to adjust Eleven’s output
level, use the Output knob. For tone/distor-
tion, use the amp Master volume.

Amp Type

Amp Type selects which amplifier model to use
(see“Amp Types’ on page 276).

Cab Type

This selector lets you select which speaker cabinet
model to use (see “Eleven Cabinet Types’ on

page 279).
Gate

Noise Gate Threshold

The Noise Gate Threshold control setsthe level at
which the Noise Gate opensor closes. At minimum
Threshold setting, the Noise Gate has no effect. At
higher Threshold settings, only louder signals will

open the Gate and pass sound. Threshold rangeis

from Off (=90 dB) to —20 dB.

Noise Gate Release

The Noise Gate Release control sets the length of
time the Noise Gate remains open and passing au-
dio. Adjust the Release to find the best setting for
the current task (not too fast to avoid cutting off
notes, and not too slow to avoid unwanted noise).
Release rangeis from 10 msto 3000 ms.

Q For suggested gate applications, see “ Using
~ the Noise Gate” on page 276. For detailson
whereit derivesitskey (trigger) and appliesits
gate, see” Eleven Sgnal Flow Notes’ on
page 291.
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Using the Noise Gate

Y ou can use the Noise Gate to silence unwanted
signal noise or hum, or just for an effect.

To use the Noise Gate to clean up unwanted, low

level noise:

1 Connect and calibrate your guitar as explained
in “Connect your Guitar and Configure Source
Input” on page 269.

2 For the next steps, hold your guitar but don't
play it (and be sureto leave its volume up). You
should hear only the noisethat we'll soon get rid
of.

3 Tomakeit easier to hear the effect, begin by set-
ting the Release to its middle (12 o’ clock) posi-
tion.

4 Now raise the Threshold control to its highest
setting, fully clockwise, so that the Gate fully
closes (you shouldn’t hear anything coming
through Eleven).

5 Slowly lower the Threshold control until the
Gate opens again to find the cutoff (or, thresh-
old) of the noise.

6 Raisethe Threshold control again dlightly, in-
creasing it only enough to once again silence the
noise (hold Command (Mac) or Ctrl (Win) while
adjusting to be able to fine-tune the setting in
tenths of a dB). Now you're in the ballpark.

7 If you lowered the Release setting as suggested
in step 3, make sure to return it to its maximum
setting (fully clockwise) before continuing.
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Amp Types
The Amp Type selector lets you choose an amp.

Choosing an amp from the Amp Type selector

Available Amp Typesin Eleven include the fol-
lowing:

e '59 Tweed Lux *

* '59 Tweed Bass *

* '64 Black Panel Lux Vibrato *
* '64 Black Panel Lux Normal *
* '66 AC Hi Boost *

* '67 Black Panel Duo *

e '69 Plexiglas — 100W *

 '82 Lead 800 — 100W *

e '85M-2Lead *

e '89 SL-100 Drive*

* ’89 SL-100 Crunch *

* 89 SL-100 Clean *

e '92 Treadplate Modern *

* '92 Treadplate Vintage *

» DC Modern Overdrive

¢ DC Vintage Crunch

* These models only appear in the full version of
Eleven.

Q Eleven is not affiliated with, or sponsored or
endorsed by, the makers of the amplifiersem-
ulated in the product.
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Eleven Amp Controls

Each Eleven amp provides a set of controls similar to (and in some casesidentical to) those on the
actual amp it models. The following sections give a genera overview of amp controls.

Bypass g,
(Amp) Bright

Gain 1

Amp controls in the default Amp Type
Amp Bypass

The Amp Bypass switch (or lamp) lets you bypass
just the amp model, leaving the cab and mic set-
tingsin effect. The default setting is On. When set
to Bypass, only the amp is bypassed; Master sec-
tion, cabinet and microphone settings remain ac-
tive.

Bright

The Bright switch provides extra high frequency
responseto theinput signal, and altersthe timbre of
the distortion. On some amp models, the effect is
most apparent at lower volume settings.

Gain 1

Gain 1 determinesthe overall gain amount and sen-
sitivity of theamp. When Gain 1islow it allowsfor
cleaner, brighter sounds with enhanced dynamic
response. When set high, the entire personality of
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I
Tremol
Presence emolo Master Volume

the amp changes, becoming fatter and overdriven.
Gain 1 responds differently with each amp model
and is designed to have a musical response that
closely matches that of its original amp, at all set-
tings. The default setting is 5.0. Gain 1 rangeis
from O to 10.

Q All Eleven controls provide identical ranges
asthe original amps, but some numbers have
been adjusted for consistency.

Gain 2

Gain 2 isasecond Gain knob used with some amp
models that determines the amount of overdrivein
the pre-amp stage. Gain 2 (also known as “Pres-
ence” on some amps) alows for more harmonic
subtletiesin character of the amp tone. The default
is5.0. Gain 2 range isfrom 0 to 10.

277



Parallel or Series TheGain 2 control onthe Tweed
Lux, AC Hi Boost and Plexiglassisin parallel
(“jumped”) with the Gain 1 control. The

M-2 Lead isin series, meaning the signal goesin
and out of Gain 1, then into Gain 2.

Tone

Tone controls let you shape the highs, mids and
lows of the amp sound. Electric guitar pickupstend
to have a strong low-mid emphasis and little high
frequency response, often producing a mid-range
heavy sound that requires some treble boost. The
response and interaction of the tone controls are
unique to each amp.

Bass

TheBass control determinesthe amount of low end
in the amp tone. The response of this control in
some modelsis linked to the setting of the Treble
control. The default setting is 5.0. Bassrangeis
from O to 10.

Middle

The Middle control determines the mid-range
strength in lower gain sounds. With high gain amp
models, the Middle control has amore dramatic ef-
fect and can noticeably shape the sound of the amp
at both the minimum and extreme settings. The de-
fault setting is 5.0. The Middle range isfrom O to
10.

Treble

In most amp models, the Treble control isthe stron-
gest of the three tone controls. Its setting deter-
mines the blend and strength of the Bass and Mid-
dle controls. When Trebleis set to higher values, it
becomesthe dominant tone control, minimizing the
effect of Bassand Middle controls. When Trebleis
set to lower values, the Bass and Middle have more
effect, making for adarker amp tone. The default
setting is 5.0. The Treble range is from O to 10.
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Presence

The Presence control provides a small amount of
boost at frequencies above the treble control. Pres-
enceis applied at the end of each amp model pre-
amp stage, acting asaglobal brightness control that
isindependent of other tone controls. The default
setting is 3.0. The Presence range is from 0 to 10.

Master

The Master control sets the output volume of the
pre-amp, acting asagain control for the power am-
plifier. In astandard master-volume guitar amp, as
the Master volume is increased more power tube
distortion is produced. The default setting is 5.0.
Master rangeis from 0 to 10.

Q Some might assume a Master volume knob
" capable of silencing the amp completely. Not
s0. Use the Output knob (in the Master sec-
tion) to silence the output of the plug-in. Use
Master volume for tone and distortion.

Tremolo

Tremolo is achieved through the use of amplitude
modulation, multiplying the amplitude of the pre-
amp output by a waveform of lower frequency.
Tremolo is not available on al amps.

Tremolo Speed The Speed control sets the rate of
the Tremolo effect. The Tremolo Speed LED
pulses at the rate of Tremolo Speed. The default
setting is 5.0.

Q Eleven does not support Tempo Sync.

Tremolo Depth The Depth controls the amount of
the Tremol o effect. The default setting for this con-
trol is 0.0, which is equivalent to off. Some amp
models call the Tremolo Depth control Intensity.
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Eleven Cabinet Types

The Cab Type selector letsyou pick acabinet to use
with the current amp. The selected cabinet and its
controls are displayed directly below the amp con-
trols.

#

Cabinet Type selector in the Master section

Available cabinets include the following:
* 1x12 Black Panel Lux *

e 1x12 Tweed Lux *

* 2x12 ACBlue*

» 2x12 Black Panel Duo *

¢ 4x10 Tweed Bass *

» 4x12 Classic 30

e 4x12 Green 25W

* These models only appear in the full version of
Eleven.

Cabinetsarelisted by their number and diameter of
their speakers. For example, “1x12” means a cabi-
net has asingle 12-inch speaker.

Q Eleven is not affiliated with, or sponsored
" or endorsed by, the makers of the loud-
speakers and cabinetsthat are emulated in
the product.

Q Visit the Avid website (www.avid.cor) to
|earn about each of the cabinets used to cre-
ate Eleven.
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Pairing Amps and Cabinets

Eleven lets you combine amps and cabinetsin tra-
ditional pairings (such as the combo amps through
their default cabinets) and non-traditional match
ups.

Some of the amps modeled in Eleven are “ combo”
amps. Combo amps have both their amp and
speaker housed in the same physical box, meaning
thereis one and only one cabinet associated with
the signature sound of a combo amp. The Tweed
Lux and AC Hi Boost are both examples of combo
amps.

Other amps are amps-only (heads), and were de-
signed to be run through a speaker cabinet. Many
amp/cab pairings have become standards.

Using Settings for Realistic and Classic
Pairings

Y ou can use Eleven’s factory Settings files (pre-
sets) for combo amps and classic combinations.
Settings files store and recall all controls, (includ-
ing Amp and Cabinet Type).

For combo amps and default combinations:
= Choose afactory Settingsfile for that amp from

Eleven's Settings menu.

Using the Amp Type and Cabinet Type Selectors
for Unlinked Pairing

Y ou can use the Amp Type and Cabinet Type se-
lectors to try your own, unique combinations.

If you want to combine amps and cabs (unlinked):
= Click and choose from the Amp Type and Cabi-

net Type selectorsto create new pairings.

(¥ Use the Settings menu to save new combina-
tions and build your own custom library (see
“ Eleven Settings (Presets)” on page 274).
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Eleven Cabinet Controls

All cabinets provide Bypass, Speaker Breakup, Mic Type, and Position controls.

SPEAKER |

BREAKUP

Cabinet Bypass Speaker Breakup

Cabinet controls

Cabinet Bypass

The Bypass switch in the Cabinet section lets you
bypass cabinet and microphone processing. When
in the Bypass position, no cabinet or microphone
processing is applied to the signal. When in the On
position, cabinet and microphone settings are ap-
plied.

Speaker Breakup
(Full version, HDX Only)

The Speaker Breakup slider lets you specify how
much distortion is produced by the current speaker
model. Increasing the Speaker Breakup setting
adds distortion that is a combination of cone
breakup and other types of speaker distortion (em-
ulated by the speaker cabinet model). Rangeis
from 1 to 10.

Below certain frequencies, the speaker cone vi-
brates as one piece. Above those frequencies (typi-
cally between 1 kHz and 4 kHz), the cone vibrates
in sections. By the time awave travels from the
apex at the voice cail out to the edge of the speaker
cone, anew wave has started at the voice coil. The
result is comb filtering and other anomalies that
contribute to the texture of the overall sound.

Q When enabled, Speaker Breakup draws
additional CPU resources.
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Mic Type Off/On Axis

Mic Type

The Mic Type selector lets you choose the micro-
phone to use with the selected cabinet.

Mic Type selector in the Cabinet section

Available Mic Types include the following:

e Dynamic7

» Dynamic 57

« Dynamic 409

» Dynamic 421

» Condenser 67

 Condenser 87

» Condenser 414

* Ribbon 121

Q Eleven is not affiliated with, or sponsored or

endorsed by, the makers of the microphones
that are emulated in the product.
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Mic Axis

When capturing the sound of aspeaker cabinetina
studio, sound engineers select different micro-
phones and arrange them in different placementsto
get a particular sound. For example, amic can be
pointed straight at a speaker or angled slightly off-
center, in order to emphasize (or de-emphasize)
certain frequencies that the mic picks up.

On-axis, for most microphones, isalineinthe same
direction as the long dimension of the microphone
and will produce a noticeable difference in color-
ation when compared to the same microphonein
the off-axis position.

In Eleven, the Axis switch lets you toggle between
on- and off-axis setting of the currently selected
microphone model. The default position for Mic
position is On Axis.

Mic Axis switch in the Cabinet section

About Mic Placement

All Eleven cabinets and mics were close mic'd
(whether on- or off-axis). This provides the purest
tones possible, of any room tone or ambience spe-
cific to the Eleven recording environment.
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Tracks and Signal Routing for
Guitar

The way you set up Pro Tools tracks and signal
routing can vary depending on what you want to do
while recording and mixing with Eleven. This sec-
tion gives you a few specific examples of some of
the many different ways you can choose to work:

» “Recording Dry: Monitor Through Eleven” on
page 281.

« “Recording Wet: Record Eleven-Processed
Track to Disk” on page 282.

 “Recording Dry and Eleven Simultaneously” on
page 283.

« “Processing Pre-Recorded Tracks Through
Eleven” on page 284

¢ “Blending Eleven Cabinets and Amps’ on
page 285.

Recording Dry: Monitor Through Eleven

Thisworkflow letsyou record dry (clean) whilethe
recorded signal is processed through Eleven, let-
ting you hear it but without committing the track to
that tone forever.

The flexibility to audition and compare different
settings and combinations of amps, cabinets and
microphonesis avery creative and powerful tool
for mixing and arranging.

To record dry and monitor through Eleven:

1 Choose Track > New and configure the New
Track to create one mono Audio Track.

2 Set the track input to the audio interface input
your guitar isplugged into (such asin 1
(Mono)).

3 Insert Elevenonthetrack (see“Inserting Eleven
on Tracks’ on page 272).
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4 Choose a Settings file (preset), or adjust
Eleven's parameters to get your tone (see
“Eleven Settings (Presets)” on page 274).

5 Record enable the track, or enable Tracklnput
monitoring (Pro Tools HD only) and check your
levels.

6 Whenyou' reready, arm the Pro Tools Transport
and press Record to record your part.

Theaudio that isrecorded is the dry (unprocessed)
signal only, while playback of the recording is pro-
cessed through Eleven and any other plug-insin-
serted on the track.
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Recording Wet: Record Eleven-
Processed Track to Disk

In this workflow, the audio output of Elevenisre-
corded to disk while tracking. Usually, no addi-
tional dry track is recorded.

This method commits your track to the original
Eleven tone used while tracking. It requires two
tracks (an Auxiliary Input and an audio track), but
after tracking, the plug-in can be deactivated or re-
moved to up processing resources.

To record guitar with Eleven while playing:

1 Choose Track > New.

2 Configure anew track by doing the following:
¢ Create one mono Auxiliary Input track.

* Click the Add Row button (+).

* Create one mono audio track.

 Click Create.

3 IntheMix (or Edit) window, configure the Aux
Input by doing the following:

* Click the Input selector and choose your guitar
input (the audio interface input your guitar is
plugged in to).

« Click the Output selector and choose Bus 1.

* Click the Insert selector and select Eleven.

4 Configure the audio track by doing the follow-
ing:

« Click the Input selector and choose Bus 1.

* Record enable the audio track.

282



INSERTS A-E  INSERTS A-E
' Eleven

SENDS AE SENDS A-E

Guitar input —p. : =& Bus input
Bus output —; :

AUTO

Aux Input #H  Audio Track

Recording Eleven (printing its output)

5 Make sure you are not overloading your input
signal by checking levelsin al tracks and
Eleven's Input LED.

6 Whenyou'reready, arm Pro Tools and begin re-
cording.

The output from Eleven isrecorded to disk. If you
need to conserve DSP or Native processing re-
sources, you can remove or deactivate Eleven after
recording.
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Recording Dry and Eleven
Simultaneously

Y ou can record a dry, unprocessed track and an
Eleven-processed track simultaneously.

This method gets the best of both worlds by track-
ing dry (to experiment with tones later) and at the
same time recording the tone used on the origina
tracking session. It requires two audio track, asfol-
lows:

To record guitar dry and with Eleven live:

1 Choose Track > New.

2 Configure the New Tracks dialog to create two
mono audio tracks, then click Create.

3 Inthe Mix (or Edit) window, configure the first
(left-most) new audio track by doing the follow-
ing:

« Click the Input selector and choose your guitar

input (the audio interface input your guitar is
plugged in to).

* Click the Output selector and choose Bus 1.
* Click the Insert selector and select Eleven.

» Record enable the audio track.

4 Configure the second audio track by doing the
following:

« Click the Input selector and choose Bus 1.
* Record enable the audio track.
5 Make sure you are not overloading your input

signal by checking levelsin al tracks and
Eleven's Input LED.

6 Whenyou'reready, arm Pro Tools and begin re-
cording.

The dry guitar is recorded to the first audio track,
processed through Eleven, then bussed to the sec-
ond audio track and recorded to disk.
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Processing Pre-Recorded Tracks
Through Eleven

Y ou can process pre-recorded guitar tracks, or al-
most any material, through Eleven.

To listen to pre-recorded tracks through Eleven
(without re-recording):

1 Import and placeyour audioinaPro Toolsaudio
track.

2 Assign the audio track Output to Bus 1 (or
Bus 1-2 if working with stereo material).

3 Create an Aux Input track, and configure it by
doing the following:

¢ Click itstrack Input selector and choose Bus 1
(or Bus 1-2).

* Click the Insert selector and select Eleven.

4 Begin playback and watch Eleven's Input LED
to check your level. Make sure you're not clip-
ping Eleven’'sinput.

5 While listening, adjust Eleven’'s Input knob to
increase or decrease input level.

6 After setting your gain structure, do any of the
following:

* Try different Settings files (presets) to get your
basic amp/cab/mic combination.

¢ Adjust amp controls.

e Try different cabinets and varying amounts of
Speaker Breakup.

* Try different micsand positionsto hear how they
affect the track.

7 Apply other plug-ins, or busthe Aux Input to an-
other track for additional processing.
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To process and re-record tracks through Eleven:

1 Import and place your audio in aPro Tools

audio track.

Configure the source audio track by doing the
following:

Assign the audio track Output abus (such asBus
1 if mono, or Bus 1-2 if stereo).

Click the Insert selector and select Eleven.

Choose Track > New and create one mono
audio track.

Configure the new audio track by doing the fol-
lowing:

Click itstrack Input selector and choose the Bus
1 (or Bus 1-2).
Click the Insert selector and select Eleven.

Record enable the new audio track (or enable
Tracklnput monitoring if using Pro Tools HD).

Begin playback and start listening.
While listening, adjust Eleven’s Input knob to

increase or decrease input level.

When everything sounds and looks good, locate
to whereyou want to begin recording (or makea
time selection), arm the Pro Tools Transport and
press Play to start recording.
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Blending Eleven Cabinets and
Amps

Y ou can use Eleven for multi-cabinet and multi-
amp setups so you can blend their signal s together.
Thisclassic techniqueletsyou get tonesthat no sin-
gle combo, cabinet, or amp could produce. Unlike
working with real amps, thisis ssimple to achieve
with Pro Tools track, signal routing, and plug-in
features.

Blending Eleven Cabinets

Inthisexampleyou’ll see how to take the output of
one Eleven amp and send it to multiple cabinets so
you can blend different cabinets, multi-mic one
cabinet, or both.

To blend multiple cabinets:

1 Choose Tracks > New.

2 Configure anew track by doing the following:
* Create one mono Audio Track.

* Click the Add Row button.

¢ Create three mono Aux Inputs.

* Click Create.

3 Inthe Mix or Edit window, configure the audio
track by doing the following:

« Click the audio track Input selector and choose
your guitar input (the audio interface input your
guitar is plugged in to).

« Click the Output selector and choose Bus 1.
* Click the Insert selector and select Eleven.
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4 Select al three Aux Input tracks by Shift-click-
ing their Track Name displays (make sure your
audio track isn't still selected). Thisletsyou
work with the three Aux tracks “as one” in the
next few steps.

0.0 0.0 0.0
= = 4
[ Aux2 |

Three tracks, selected

5 Hold Option+Shift (Mac) or Alt+Shift
(Windows) while doing each of the following:

Choose Bus 1 from the Input selector of any of
the three selected Aux Inputs.

Click the Insert selector of any of the three and
select Eleven.

Click the next available Insert selector on any of
three selected Aux Inputs and select the TimeAd-
juster (short) plug-in.

6 Open the Eleven plug-in on the audio track and
click the Cabinet Bypass to bypass Cabinet and
microphone processing.

7 Open one of the Eleven plug-ins on any of the
three selected Aux Input tracks and
Opt+Shift+click (Mac) or Alt+Shift+click
(Windows) the Amp Bypass switch.

8 Solothefirst Aux Input track.
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9 Click to open the Eleven plug-in window on the
first Aux Input, and do any of the following:

* Choose a cabinet.
* Choose amic and its position.
 Adjust Speaker Breakup.

10 When you' re done, close the plug-in window
and then unsol o the track.

11 Solo the next Aux Input track, and repeat to con-
figure its cabinet and mic settings.

12 Repeat for other Aux Input tracks to configure
their cabinet and mic settings.
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13 When you have set your cabinet tones, make
sureto unsolo all the Aux Inputs and begin play-
ing so you can hear the combined tone of al
three cabinet channels.

14 Do the following to continue:

« Balance the tracks using the volume faders on
the Aux Input tracks.

e Try different pan positions for each Aux
Input track.

 Evauate the phaserel ationships of the combined
signals and adjust accordingly (see “Phase Con-
siderations with Blending in Eleven” on

page 288).
If You Plan on Blending Cabinets

The Eleven plug-in emulates the variation in cabi-
net response that is unique to each amp/cab combi-
nation. In the physical world, these variations are
theresult of the distinct loads put out by each amp,
and the way the cabinet handles (responds to) that
particular type of signal. Though subtle, the effect
of thisisa unique cabinet resonance.

In each Eleven plug-in you insert on atrack, the
currently selected Amp Type hasasimilar effect on
the sound of its current cabinet, even when the amp
section itself is bypassed.

This does not mean that the (bypassed) amp set-
tings affect the cabinet tone, only the chosen amp
type. Thiscould bring just the right amount of extra
low, low-mid, or mid-rangeresponseto the cabinet.

Q Different amps can also have a different num-
ber of stages, which can affect polarity. See
“ Phase Considerations with Blending in
Eleven” on page 288 for more information.
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+ Toaccurately capture the sound of one amp split
to and driving multiple cabinets, make sure the

same Amp Type is selected in all the Eleven plug- =" =
ins (all the cabinets as well as the active amp).

+ For maximum variety, mix and match bypassed
amps with active cabinets.

+ For realism with the combo amps (such as the
Tweed Lux and AC Hi Boost), make sure to use
their default cabinets.

Blending Eleven Amps

You can easily set up tracks and Eleven for multi-
amp setups.

To blend multiple amps:

1 Set up tracks and signal routing as explained in
the previous workflow (see “To blend multiple
cabinets:” on page 285).

2 Remove (or simply bypass) the Eleven plug-in
on the source input/track.

™ Setup for blending amps
()" To maximize processing resources, remove

the Eleven plug-in on the source track, or 3 Solo thefirst Aux Input track.

make the plug-in Inactive. See the Pro Tools 4 Click to open the Eleven plug-in window on the
Reference Guide for more information. soloed Aux Input, and do any of the following:
» Make sure the amp and cabinet are active (not
bypassed).

* Choose apreset (Settingsfile).
* Pair any amp with any cabinet.
» Choose amic and its position.
e Adjust Speaker Breakup.

5 Solothenext Aux Input track, and repeat to con-
figureits settings for a different tone.
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6 Repeat for other Aux Input tracks to configure
their settings.

7 When you have set your tones, make sure to un-
solo all the Aux Inputs.

8 Continue playing so you can hear the combined
tone of al the amps.

9 Do thefollowing to continue:

¢ Balance the tracks using the volume faders on
the Aux Input tracks.

e Try different pan positions for each Auxiliary
Input track.

10 Evaluate the phase relationships of the com-
bined signalsand adjust accordingly (see” Phase
Considerations with Blending in Eleven” on
page 288).

Phase Considerations with Blending in
Eleven

When multi-tracking guitar, experienced engineers
know how to identify and take advantage of the
phase rel ationshipsthat exist between different sig-
nals. Adjusting phase is not just a corrective tech-
niqueeither, it'salso apowerful creative technique
for tone, aswell asfor specia effects.

Y ou can usethe TimeAdjuster plug-into flip phase
and to adjust timing in single-sample increments,
as described in the next sections.

Flipping Phase (Polarity)

Electric guitar is often recorded to more than one
track, such asonedry or DI track, plus one or more
tracks of amic’d amp. Thedifferent signal paths of
direct tracks versus mic tracks affect the timing re-
lationships of the audio. Depending on the signa
chain of each track, the signals can get so out of
alignment that they nearly cancel each other out.
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Sending a single source track through multiple,

unigue amps can pose an additional challengein

that each tube stage in an amp usualy inverts the
signal. So, depending on whether the number of
tube stagesin an amp is odd or even, that amp will
either beinverting or non-inverting, respectively. If
you send anidentical signal to two ampsand oneis

inverting while the other is non-inverting, signal

cancellation will result. All ampsin Eleven accu-

rately model the number of amp stagesfound in al

the origina hardware.

If you want to keep it simple and be able to experi-
ment with phase flip, do the following.

To use the TimeAdjuster plug-in to flip phase when

blending amps or cabinets:

1 Configure your audio track and Aux Inputs as
instructed in “Blending Eleven Cabinets and
Amps’ on page 285. Make sure each Aux Input
has an Eleven plug-in followed by a TimeAd-
juster plug-in.

2 Open the plug-in window for each of the Time-
Adjuster plug-ins (click the first one to open it,
then Shift-click each of the other TimeAdjuster
plug-ins).

3 Click the Phase switchinthefirst TimeAdjuster
plug-in toinvert the polarity. Listen to the effect
it has on the combined signal. Click it again to
disengage (flip back).

4 Click the Phase switch on the next channel’s
TimeAdjuster plug-in, listen, then disengage.

5 Repeat for additional Eleven/TimeAdjuster
channels.

6 Try combinations of flipped and non-flipped
Phase settings to find the ideal relationship for
the currently blended amps and cabinets.
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Tweaking Phase

If each of the mics used on asingle cabinet are not
positioned carefully, comb filtering and other fre-
guency anomalies can occur. With real amps, the
engineer moves one or more micsto find their op-
timal positions relative to the source, and to each
other.

To hear the effect of small adjustmentsto the phase
relationships of signals, do the following.

To use the Time Adjuster plug-in to control phase:

1 Configure your audio track and Aux Inputs as
instructed in “Blending Eleven Cabinets and
Amps’ on page 285. Make sure each Aux Input
has an Eleven plug-in followed by a TimeAd-
juster (short) plug-in.

2 Open the plug-in window for each of the Time-
Adjuster plug-ins (click the first one to open it,
then Shift-click each of the other TimeAdjuster
plug-ins).

3 Adjust the Delay slider in one sample incre-
ments. Listento the effect it has onthe combined
signal. Repeat, increasing the Delay by one sam-
ple each time.

4 Try combinations of TimeAdjuster settingswith
flipped and non-flipped Phase settings for end-
lessly variable tonal possibilities.
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Eleven Tips and Suggestions

This section leaves you with some tips and sugges-
tions for other ways you can integrate Eleven into
your Sessions.

Changing Settings Versus
Switching Amps

Many guitarists use different tonesto maximizethe
contrast between sections of a song (intro, verse,
chorus, or bridge). Some examples include:

* Soft (or clean) tone for the verse, kick in the dis-
tortion for the chorus.

* Using tremolo during the intro and the bridge.

 Doubling the rhythm track halfway through the
verse to build momentum.

Pro Tools automaton is the key to these and other
techniques:

« For simple, single amp contrasts such as
soft/loud, choose an amp and automate its gain,
drive, volume or other parameter to achieve the de-
sired tone change. This uses the least amount of
processing resources of the examples provided
here.

« To switch amps, automate the Amp Type selec-
tor and any other control s (you cannot automate the
selection of Pro Tools plug-in Settings files). De-
pending on the amount of overlap or crossfading
you want between tones, you might be better off us-
ing the next, multi-Eleven workflow.

(¥ Seethe Pro Tools Reference Guide to learn
about Shapshot automation, Glide, and other
automation features,
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« For maximum flexibility, control and variety,
use adry track bussed to multiple Aux Inputs, each
with adifferent Eleven tone (see“Blending Eleven
Amps’ on page 287 for instructions). Configure
one for tone A, configure the next Eleven (on the
next Aux Input) for tone B (which could be a com-
pletely different amp and sound) and so on. Then
use Pro Tools track Volume (fader) automation to
fade the different Eleven tracks in and out at the
right times. This gives the greatest amount of con-
trol over the transition between amps and tones,
while also letting you stack and layer amps.

Managing Eleven Plug-In
Resources

If system resources need to be conserved or mini-
mized, you can “busrecord” with effectsto commit
Eleven tonesto disk. See“Recording Wet: Record
Eleven-Processed Track to Disk” on page 282.

Or, use the AudioSuite version to print Eleven
tracksto disk. AudioSuiteisespecially useful when
you' re processing loops or other shorter-form gui-
tar material.

Beyond Eleven: Some Suggested
Effects

If you’' re new to guitar or new to Pro Tools, you
might want to know about afew simple effectsyou
can add to your Eleven guitar tracks using nothing
more than afew of the plug-ins included with

Pro Tools.

Bussing and Submixing

Not so much a plug-in or effect as a standard oper-
ating procedure, multiple guitar tracks are often
submixed to stereo Aux Input for centralized level
control of thosetracks. Thisisespecialy useful for
applying compression or limiting, creating stem
mixes, and many other practical uses. See your
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Pro Tools Reference Guide for mixing and submix-
ing setups and suggestions, and try them out while
exploring some of the following effects sugges-
tions.

Dynamics

Compression, limiting, expansion and gating areall
useful effects for guitar. Different results can be
achieved using each of the different types of dy-
namics processing, in combination with signal
routing for individual (discrete) versus submix
(shared resource) processing. Here are afew exam-
ples:

« If dl you seek isthe taming of occasional dy-
namic aberrationswithin atrack (meaning, you just
need to clamp a couple “overs’), try putting alim-
iter on the individual track (after Eleven).

« To*“glue’ multiple rhythm tracks or tones to-
gether, bus them to a stereo Aux Input and apply
heavy compression or limiting to that Aux Input.
Experiment with different dynamics plug-ins such
as Dyn 3 or any of Avid's classic compressor pro-
cessorsto find one that works best for the material.
Don't be afraid to use extreme compression ratios
to achieve this effect.

EQ

Simple EQ processing can be used to soften “hot
spots’ in the playing range of some guitars. Using
any of the included EQ plug-ins, you can also try
applying drastic shelving or band-limiting as a spe-
cial effect, or automate afilter sweep to simulate a
wah-style effect.

Echo and Delay

To add echo to the guitar track, busan Eleven track
toan Aux Input and put aDelay plug-inonthe Aux.
Try other delay plug-insto unlock the secrets of
multi-tap, ping-pong, and other specialized appli-
cations.
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Eleven Signal Flow Notes

The following figure shows the signal flow through Eleven from itsinput source to its output

destination.

Input
from Pro Tools
track (disk) or live input

Output
to Pro Tools
output or bus

—

1
|
Input LED —» | Input knob| —p | Amp —>

Cabinet/Mic Output knob

]

Plug-Ins are Pre-Fader

Signal flow through Eleven

Keep in mind that inserts (plug-ins) in Pro Tools
are post-disk/live input but pre-fader. The track
fader does not affect the signal into any plug-insin-
serted on that same track. Thisisthe samefor all
Pro Tools inserts, not just Eleven.

Input LED before the Input Knob

The Input LED is before the Input section of the
Master section, which is prior to the first input
stage of each amp. Thisletsyou determine whether
you're clipping asignal beforeit entersthe Eleven
signal chain. The Input LEDs will light red when
the signal has clipped the input. (If this occurs, in-
sert the Trim plug-in before Eleven and use its
(Trim) gain control to attenuate the signal.)
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Input Knob and Amp Gain

Eleven actually gives you two separate input gain
stages to the plug in:

+ Thelnput knob in the Master section, which af-
fectsthe signal level before entering the amplifier
model.

+ The gain knob(s) on each amplifier, which con-
trol the maininput stage of that particular amplifier
model.

This makes the Input knob useful for increasing or
decreasing gain on ampsthat don’'t have a separate
preamp.

Noise Gate After the Input Knob

The Noise Gateis keyed (triggered) from the input
signal. Thegateis applied to the output of the amp;
when open, it lets sound pass from the amp to the
cabinet module, and when closed, it silences amp

output to the speaker cabinet.
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Chapter 46: Lo-Fi

Lo-Fi provides “retro,” down-processing effects.

Lo-Fi featuresinclude:

* Bit-rate reduction

e Sample rate reduction

« Soft clipping distortion and saturation
e Anti-aliasing filter

 Variable amplitude noise generator

Lo-Fi isavailablein DSP, Native, and AudioSuite
formats.

Lo-Fi supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

Lo-Fi operates as a mono, multi-mono, or stereo
plug-in.

Prosat = Auto
=l <mclorydelul: | T BYPASS

-+ COMPARE SAFE Dsp

LINEAR GUANTIZATION ADAPTIVE QUANTIZATION

T Off

24 bits
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Lo-Fi down-processesaudio by reducingitssample
rate and bit resolution. It isideal for emulating the
grungy quality of 8-bit samplers.

Lo-Fi Controls

Sample Rate

The Sample Rate slider adjusts an audiofile' s play-
back sampleratein fixed intervals from 700 Hz to
33 kHz in sessions with sample rates of 44.1 kHz,
88.2 kHz, or 176.4 kHz; and from 731 Hz to

36 kHz in sessions with sample rates of 48 kHz,
96 kHz, or 192 kHz. Reducing the sample rate of
an audio file has the effect of degrading its audio
quality. Thelower the samplerate, the grungier the
audio quality.

The maximum value of the Sample Rate control is
Off (which effectively means bypass).

A The range of the Sample Rate control is
dlightly different at different session sample
rates because Lo-Fi’s subsampling is calcu-
lated by integer ratios of the session sample
rate.
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Anti-Alias Filter

The Anti-Alias control works in conjunction with
the Sample Rate control. Asyou reduce the sample
rate, aliasing artifacts are produced in the audio.
These produce a characteristically dirty sound.
Lo-Fi’santi-aliasfilter has adefault setting of
100%, automatically removing all aliasing artifacts
asthe sample rate is lowered.

Thiscontrol isadjustable from 0% to 100%, |etting
you add precisely the amount of aliasing you want
back into the mix. This dider only has an effect if

you have reduced the sample rate with the Sample
Rate control.

Sample Size

The Sample Size slider controls the bit resolution
of theaudio. Like samplerate, bit resolution affects
audio quality and clarity. The lower the bit resolu-
tion, thegrungier the quality. The range of thiscon-
trol isfrom 24 bitsto 2 hits.

Quantization

Lo-Fi applies quantization to impose the selected
bit size on thetarget audio signal. Thetype of quan-
tization performed can also affect the character of
an audio signal. Lo-Fi provides you with a choice
of Linear or Adaptive quantization.

Linear Linear quantization abruptly cutsoff sample
databitsin an effort to fit theaudio into the sel ected
bit resolution. Thisimparts a characteristically
raunchy sound to the audio that becomes more pro-
nounced as the sample size is reduced. At extreme
low bit-resolution settings, linear quantization will
actually cause abrupt cut-offsin the signal itself,
similar to gating. Thus, linear resolution can be
used creatively to add random percussive, rhythmic
effectstotheaudio signal whenit fallsto lower lev-
els, and agrungy quality as the audio reaches mid-
levels.
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Adaptive Adaptive quantization reduces bit depth
by adapting to changesin level by tracking and
shifting the amplitude range of the signal. This
shifting causes the signal to fit into the lower bit
range. Theresult isahigher apparent bit resolution
with araunchiness that differs from the harsher
quantization scheme used in linear resolution.

Noise Generator

The Noise slider mixes a percentage of pseudo-
whitenoiseintotheaudio signal. Noiseisuseful for
adding grit into asignal, especially when you are
processing percussive sounds. Thisnoiseis shaped
by the envelope of the input signal. The range of
this control isfrom 0 to 100%. When noiseis set to
100%, the original signal and the noiseare equal in
level.

Distortion/Saturation

The Distortion and Saturation sliders provide sig-
nal clipping control.

The Distortion slider determines the amount of
gain applied and lets clipping occur in a smooth,
rounded manner.

The Saturation slider determines the amount of sat-
uration added to the signal. This simulates the ef-
fect of tube saturation with aroll-off of high fre-
quencies.

Output Meter

The Output Meter indicates the output level of the
processed signal. Note that this meter indicates the
output level of the signa—not the input level. If
this meter clips, the signal may have clipped on in-
put before it reached Lo-Fi. Monitor your send or
insert signal levelsclosely to prevent thisfrom hap-
pening.
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Chapter 47: Pro Subharmonic

Avid Pro Subharmonicisan AAX plug-in (DSP,
Native, and AudioSuite) that synthesizes low-fre-
quencies based on the harmonic content of the
source audio signal.

Pro Subharmonic supports 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz, and 192 kHz
sample rates.

The multichannel version of Pro Subharmonic sup-
ports stereo audio, and can also add a channel of
LFE (.1) content to any 5.0, 6.0, or 7.0 track. Sub-
harmonic material may also be added to the
existing LFE channel of a5.1, 6.1, or 7.1 track.

The mono/multi-mono version should be used for
al other channel formats.

Pro Subharmonic plug-in

In addition to standard knob, button, and fader con-

A\ Greater-than-stereo formats are only trols, Pro Subharmonic also provides agraphic dis-
available with Pro Tools | HD Software. play of the synthesized frequencies and of the dy-
namic curves of the low pass and high passfilters

A\ 7.0SDDSt07.1DDSand 7.1 DDSt0 7.1 appliedtothe low frequencies

SDDSinstances of Pro Subharmonic are
Native-only. All other channel formats are
supported on both Native and DSP.
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Metering

Pro Subharmonic provides channel-maximum
sample peak meters for Input and Output signals.

The Peak Hold indicator appears asathin linein
the meter. This provides highly accurate visual me-
tering correlation with the audio signal.

Input and Output meters use the following color
coding:

Dark Blue Indicatesnominal levelsfrom—90 dB to
—20 dB.

Light Blue Indicates pre-clipping levels, from
—20 dB to O dB.

Yellow Indicates full scale levels from 0 dB to
+6 dB.

INPUT

~—— Peak Hold indicator

P Average meter

Pro Subharmonic Input meter
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Input

The Input section provides input metering and
controls for adjusting the level of the input signal.

INPUT

Input Level control

Input Level

The Input Level control sets the input gain of the
plug-in before processing, letting you boost or at-
tenuate gain at the plug-in input stage.

To adjust the level of the input signal, do one of the
following:

= Clickinthelnput Level field and type avalue
(-18.0dB to +18.0dB).

= Click the Input Level control and drag up or
down to adjust the Input Level setting.

Input Meters

The Input meters show channel-maximum sample
peak meters summed from al input channels be-
fore processing (from —90 dB to +6.0 dB).
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Output

The Output section provides output metering and
controlsfor adjusting the level of the output signal.

OuUTPUT

Output Level control

Output Level

The Output Level control setsthe output level after
processing, letting you boost or attenuate gain of
the output signal.

To adjust the output level, do one of the following:

= Click inthe Output Level field and type avaue
(-18.0dB to +18.0 dB).

= Click the Output Volume control and drag up or
down to adjust the Output Volume setting.

Output Meters

The Output meters show channel-maximum sam-
ple peak meters summed for all output channels af -
ter processing (from —90 dB to +6.0 dB).
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Dynamic Frequency Display

Pro Subharmonic providesagraphic display for the
synthesized frequency content, low frequency con-
tent already present in the source audio, and for the
low and high passfilters.

High Pass Filter
Low Pass Filter

Direct Bass Band
Upper Synthesized Band
Lower Synthesized Band

Graphic Frequency and Dynamics display

High Pass Filter Curve Displays the frequency
range and dynamic curve for the High Passfilter.

Low Pass Filter Curve Displays the frequency
range and dynamic curve for the Low Passfilter.

Lower Synthesized Band Displays the dynamics
of the lower range of synthesized frequencies.

Upper Synthesized Band Displays the dynamics
of the upper range of synthesized frequencies.

Direct Bass Band Displays the dynamics and the
frequency range of the direct bass band (the bass
frequency content from the source audio signal).
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High Pass and Low Pass
Filter Controls

The High Pass and Low Pass filters shape the out-
put of Pro Subharmonic. These filters apply to the
direct, unprocessed low frequency content of the
source signal as well as the synthesized frequen-
cies.

High Pass Frequency  Low Pass Frequency

’J_‘ High Pass Q ’J_‘ Low Pass Q
oL L
20 Hz o7

68 Hz 1.00

L

High Pass and Low Pass Filter controls

HP Freq Sets the high frequency for the High Pass
filter (5-1000 Hz).

HP Q Setsthe Q for the High Pass filter
(0.10-5.00).

LP Freq Setsthe low frequency for the Low Pass
filter (5-1000 Hz).

LP Q Setsthe Q for the Low Passfilter (0.10-5.00).
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To adjust the Frequency of the High Pass or Low

Pass filter, do one of the following:

= Dragthefader icon, or drag in the numeric entry
field.

= Click the numeric entry field, type avalue, and
press Enter.

= Movethe cursor over the frequency curveinthe
Frequency Graph so that it showsthe “FREQ”
cursor, then drag to adjust the Frequency value.

Adjusting the Frequency setting on the Frequency
Graph
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To adjust the Q of the High Pass or Low Pass filter,
do one of the following:

= Dragthefader icon, or dragin the numeric entry
field.

= Click the numeric entry field, type avalue, and
press Enter.

= Movethe cursor over the frequency curveinthe
Frequency Graph so that it showsthe “Q” cur-
sor, then drag to adjust the Q value.

Adjusting the Q setting on the Frequency Graph
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Subharmonic Frequency
Range

Use the Subharmonic Frequency Range buttonsto
specify thefrequency range of the source signal for
the synthesized audio content. For example, in a
post production setting, you might use the lowest
optiontoreinforce an explosioninthe L FE channel
of a5.0 source signal. Or, you might use the
60-90 Hz option for astereo music mix to giveit a
little more “bump.” The lower settings can add
power to kick drums and explosions, while the
higher ones add fatness to bass lines and low mid-
range audio source signals. The best setting will de-
pend on the audio content.

You can also use MIDI to tune Pro Subhar-
monic. This can be especially useful for mu-
sic production. See“ Tuning Subharmonics
with MIDI” on page 303.
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To set the frequency range for synthesized

subharmonics, click one of the following options:

= 120-180 Hz
= 80-120 Hz
= 60-90 Hz

= 4060 Hz

Frequency Range Selector buttons

Shift-click the Input (Hz) button to automati-
cally adjust the High Pass and Low PassFre-
guency settings to align with the Input (Hz2)
setting.
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Lower, Upper, and Direct Gain
Controls

Pro Subharmonic provides gain controls for the
lower band, upper band, and direct bass band. Y ou
can aso solo each.

Lower Gain Upper Gain Direct Gain

\ \

0.0dB IS 0.0dB

-48.0 dB S

Solo button Gain field

Band Gain controls

The Lower Band Gain control corresponds to the
lower frequency of the currently selected Subhar-
monic Frequency Range setting. Likewise, the Up-
per Band Gain control correspondsto the upper fre-
guency of the currently selected Subharmonic
Frequency Range setting. The Direct Gain control
letsyou blend in some of thelow frequency content
of the source signal.
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To adjust the gain for the Lower Band, Upper Band,
or Direct Bass Band, do one of the following:

= Dragthe Gain knob up or down, or to the left or
right.

= Click the Gain field and type a value between
—120 dB and 24 dB.

= Move the cursor over the corresponding Gain
curvein the Frequency Graph so that it shows
the “Gain” cursor, and drag to adjust the Gain
value.

Adjusting the Gain setting on the Frequency Graph

To solo the Lower Band, Upper Band, or Direct
Bass Band:

= Click the corresponding Solo button.
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Drive

Usethe Drive control to adjust thelevel of all three
bands. The Drive control applies soft-saturation
distortion, so it can be used to prevent internal clip-
ping. The Drive effect is shaped by both the Low
Pass and High Passfilters.

Y ou can aso select any one of six Drive Character
options. These settings change the behavior and
sound of Pro Subharmonic by altering the reso-
nances of the internal filters and by adjusting the
contour of the saturation stages in the processed
signal path. For the cleanest, most direct sound, use
Clean I. For a sound that adds some color, select
one of the Resonant or Distort options.

Experiment with the various Drive Character op-
tions and the Drive level setting until you find the
tone-quality you want.

Cloan| |

ip

Drive control
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To adjust the amount of Drive, do one of the
following:

= DragtheDriveknob up or down, or to theleft or
right.

= Click the Gain field and type a value between
—-18.0dB and 18.0 dB.

To set the Drive Character, select one of the
following options:

= Clean|
= Cleanll
= Resonant |
= Resonant I
= Distort|

= Distort Il
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Mix Controls

Mono and Stereo tracks provide a single Mix con-
trol to balance the wet (added bass) signal and the
dry signal. If any of the bands are soloed, the Mix
solo button (the button to the right of the numeric
field) flashes. Click the flashing button to unsolo
all soloed bands. Y ou can click the unlit Mix solo
button to effectively mutethedry signal regardiess
of the Mix setting. Thislets you audition only the
synthesized and processed signal .

Mix control (Mono and Stereo tracks)
To adjust the dry/wet mix, do one of the following:

= Dragthe Mix knob up or down, or to the left or
right.

= Click the Gain field and type a value between
0% (al dry) and 100% (all wet).

Q When Mixis at 50%, both the wet and dry sig-

~ nal paths are at full volume. Setting the Mix
control to values below 50% keeps the dry

level at full, but decreases the amount of the

wet signal. Conversely, settings the Mix con-

trol to values over 50% keeps the wet level at

full, but decreases the level of the dry signal.
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For surround tracks, Pro Subharmonic provides
multiple Mix controls.

Mix Output Letsyou mix the output of Pro Subhar-
monic between the LFE channel and the Left and
Right channels.

Wet Lets you mix the wet signal from 0—100% to
the plug-in output.

Dry Letsyou mix the dry signal from 0-100% to
the plug-in output.

Wet and Dry Solo Buttons Let you solo the wet or
dry output signals respectively. Only one of these
may be soloed at atime (for example, soloing the
Dry signal while the Wet signal is already soloed

cancels the solo on the Wet signal).

Clean |

A{“‘r

_

Mix control (surround tracks)
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Surround Send Controls

When Pro Subharmonic isinserted on a surround
track, it provides controls to mix how much of the
source audio is sent from the Front channels, the
Center channel, the Surround channels, and the
LFE channel (if present) for Subharmonic synthe-
sis processing. For example, if your source audio
has abig sound effect in the center channel and mu-
sicinthefront left and right channels, and you want
subharmonics synthesized only from the sound ef-
fect, turn up the Center channel input and turn
down the Front and Surround channel inputs. On .1
tracks only, Pro Subharmonic provides an LFE
control so that you can create subharmonics using
the audio on the LFE channel. Each input source
can be soloed.

Surround Send controls

Front Send Lets you feed Pro Subharmonic from
the front left and right input channels.

Center Send Letsyou feed Pro Subharmonic from
the center input channel.

Surround Send Lets you feed Pro Subharmonic
from the surround input channels.

LFE Send (.1 Format Tracks Only) Letsyou feed
Pro Subharmonic from the L FE input channel.
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Tuning Subharmonics with
MIDI

In addition to using the Range Setting buttons, you
can use MIDI to tune Pro Subharmonic. Pro Sub-
harmonic can receive MIDI note numbers 12
through 60. This means that you can use MIDI
notes to set the Band frequencies from 16 Hz up to
262 Hz. Use thisto reinforce the low end of your
program material based what key or modeitisin.

When Pro Subharmonic is receiving MIDI, the
MIDI Inicon highlights, the Range settings are
controlled by the MIDI input, and the Range Set-
ting buttons are bypassed. The L ower band istuned
to the incoming MIDI note and the Upper band is
tuned to a perfect fifth above that.

A\ VENUE and Media Composer do not support
MIDI.
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To route MIDI to Pro Subharmonic:

1 Insert Pro Subharmonic on atrack.
2 Create anew MIDI track.

3 Route the output of the MIDI track to the corre-
sponding Pro Subharmonic MIDI node.

Pro Subharmonic
INSERTS A-E
MIDI Node: Pro Subharmanic 1

m ¥ none

AUTC

EI' P Subharmonic 1 - channel-1

[ 1
Routing MIDI to Pro Subharmonic
To tune Pro Subharmonic with MIDI:

1 UseaMIDI track routed to the specific instance
of Pro Subharmonic that you want to control.

2 Record, enter, or import aMIDI sequence onthe
MIDI track.

A\ Besureto only use a monophonic MIDI se-
guence or live performance to control Pro
Subharmonic.
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3 Play back the session. The MIDI Inicon high-
lights when Pro Subharmonic is receiving
MIDI.

Routing MIDI to Pro Subharmonic

Q The MIDI tuning feature can be used to lock
~ Pro Subharmonic to a bass Virtual Instru-
ment. Routing a MIDI track to both the input
node of a bass Virtual Instrument and thein-
put node of a Pro Subharmonic that isin-
serted after the Virtual Instrument creates
subharmonics evenly across a four-octave
playing range (fromMIDI note number 12 up
to MIDI note number 60).

Q When using Pro Subharmonic with a bass
Virtual Instrument, you may want to trans-
pose the bass part up or down to better tune
Pro Subharmonic. To do this, copy and paste
the MIDI sequence to a new MIDI track and
route the track output to Pro Subharmonic.
Use Real-Time MIDI properties on the MIDI
track to transpose the sequence as desired.
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MIDI Input to Pro Subharmonic
AudioSuite

The AudioSuite version of Pro Subharmonic also
supports MIDI input. This can be used to fine-tune
the input frequency range for the AudioSuite ver-
sion of Pro Subharmonic.

To tune Pro Subharmonic AudioSuite with MIDI:

1

Select the audio you want to processin the Edit
window.

Open the AudioSuite version of Pro Subhar-
monic.

Create anew MIDI track and rout its output to
Pro Subharmonic.

Send aMIDI note to Pro Subharmonic viathe
MIDI track.

Process the selected audio with Pro Subhar-
monic AudioSuite.
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Chapter 48: Recti-Fi

Recti-Fi provides additive harmonic processing ef-
fects through waveform rectification. Recti-Fi fea-
tures the following effects:

¢ Subharmonic synthesizer

* Full waverectifier

« Pre-filter for adjusting effect frequency
 Post-filter for smoothing generated waveforms

Recti-Fi is availablein DSP, Native, and Audio-
Suite formats.

Recti-Fi supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

Recti-Fi operates asamono, multi-mono, or stereo
plug-in.

Prosat % Auto
=l <factory dafault> E"  aveass
- +'® cowpare SAFE | DEP

PREFILTER TYPE POST-HALUTER

205 Hertz

0.0dB

205 Hertz

Recti-Fi
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Recti-Fi provides additive synthesis effects
through waveform rectification. Recti-Fi multiplies
the harmonic content of an audio track and adds
subharmonic or superharmonic tones,

Recti-Fi Controls

Recti-Fi Pre-Filter Control

The Pre-Filter control filters out high frequencies
in an audio signal prior to rectification. Thisis de-
sirable because the rectification process can cause
instability in waveform output—particularly in the
case of high-frequency audio signals. Filtering out
these higher frequencies prior to rectification can
improve waveform stability and the quality of the
rectification effect. If you wish to create classic
subharmonic synthesis effects, set the Pre-Filter
and Post-Filter controlsto arelatively low fre-
guency, such as 250 Hz.

The range of the Pre-Filter isfrom 43 Hz to
22 kHz, with a maximum value of Thru (which ef-
fectively means bypass).

Normal waveform
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Recti-Fi Rectification Controls

Positive Rectification This rectifies the waveform
so that its phase is 100% positive. The audible ef-
fect isadoubling of the audio signal’s frequency.

Positive rectification

Negative Rectification Thisrectifiesthe wave-
form so that its phase is 100% negative. The audi-
ble effect is a doubling of the audio signal’s fre-
quency.

Negative rectification
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Alternating Rectification This aternates between
rectifying the phase of the first negative waveform
excursion to positive, then the next positive excur-
sion to negative, and so on, throughout the wave-
form. The audible effect is a halving of the audio
signal’ s frequency, creating a subharmonic tone.

Alternating rectification

Alt-Max Rectification This aternates between
holding the maximum value of thefirst positive ex-
cursion through the negative excursion period,
switching torectify thenext positive excursion, and
holding its peak negative value until the next zero
crossing. The audible effect is a halving of the au-
dio signal’ sfrequency, and creating a subharmonic
tone with a hollow, square wave-like timbre.

Alt-Max rectification
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Recti-Fi Gain Control

Gain letsyou adjust signal level before the audio
reaches the Post-Filter. Thisis particularly useful
for restoring unity gain if you have used the Pre-
Filter to cut off high frequencies prior to rectifica-
tion. The range of this control is from —18dB to
+18dB.

Recti-Fi Post-Filter

Waveform rectification, particularly aternating
rectification, typically produces a great number of
harmonics. The Post Filter control letsyou remove
harmonics above the cutoff frequency and smooth
out the sound. Thisisuseful for filtering audio that
contains subharmonics. To create classic subhar-
monic synthesis effects, set the Pre-Filter and Post-
Filter to arelatively low frequency.

The range of the Post-Filter control is43 Hz to
22 kHz, with a maximum value of Thru (which ef-
fectively means bypass).

Recti-Fi Mix Control

Mix adjuststhe mix of the rectified waveform with
the original, unprocessed waveform.

Recti-Fi Output Meter

The Output Meter indicates the output level of the
processed signal. Note that this meter indicatesthe
output level of the signal—not the input level. If
this meter clips, the signal may have clipped on in-
put before it reached Recti-Fi. Monitor your send
or insert signal levels closely to prevent this from
happening.
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Chapter 49: Reel Tape Saturation

Reel Tape Saturation is part of the Reel Tape suite
of tape-simulation effects plug-ins. Redl Tape Sat-
uration simulates the saturation effect of an analog
tape machine, modeling its frequency response,
noise and distortion characteristics, but without any
delay or wow and flutter effects.

Reel Tape Saturation is availablein DSP, Native,
and AudioSuite formats.

Reel Tape Saturation supports 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

Reel Tape Saturation operates as a mono, multi-
mono, or stereo plug-in.

Reel Tape Saturation

For years, engineers have relied on analog tape to
add a smooth, warm sound to their recordings.
When driven hard, tape responds with gentle dis-
tortion rather than abrupt clipping asin the digital
domain. Magnetic tape also has afrequency-depen-
dent saturation characteristic that can lend punchto
the low end, and sweetness to the highs.
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Reel Tape Saturation models the sonic characteris-
tics of analog tape, including the effects of tape
speed, bias setting, and calibration level of the
modeled tape machine.

Reel Tape Saturation can be placed on mono, ste-
reo, or multichannel tracks.

Reel Tape Common Controls

All Reel Tape plug-ins share the following
controls:

Drive

Drive controls the amount of saturation effect by
increasing the input signal to the modeled tape ma-
chine while automatically compensating by reduc-
ing the overall output. Drive is adjustable from
—12 dB to +12 dB, with adefault value of 0 dB.

Output

Output controls the output signal level of the plug-
in after processing. Output is adjustable from
-12 dB to +12 dB, with adefault value of 0 dB.

Tape Machine

The Tape Machine control lets you select one of
three tape machine types emulated by the plug-in,
each with its own sonic characteristics:

US Emulatesthe audio characteristicsof a3M M79
multitrack tape recorder.
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Swiss Emulates the audio characteristics of a
Studer A800 multitrack tape recorder.

Lo-Fi Simulates the effect of alimited-bandwidth
analog tape device, such as an outboard tape-based
echo effect.

Tape Formula

The Tape Formula control |ets you select either of
two magnetic tape formulations emulated by the
plug-in, each with its own saturation characteris-
tics:

Classic Emulates the characteristics of
Ampex 456, exhibiting a more pronounced satura-
tion effect.

Hi Output Emulates the characteristics of
Quantegy GP9, exhibiting amore subtle saturation
effect.

Reel Tape Saturation
Controls

In addition to the Drive, Output, Tape Machine,
and Tape Formula controls, Reel Tape Saturation
has the following controls:

Speed

The Speed control adjusts the tape speed in ips
(inches per second). Tape speed affects the fre-
quency response of the modeled tape machine.
Available tape speedsinclude 7.5 ips, 15 ips, and
30 ips, with a default setting of 15 ips.

Noise

Reel Tape Saturation produces noise only during
playback and recording, and not when the transport
is stopped.
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The Noise control adjusts the level of ssimulated
tape noisethat isadded to the processed signal. The
characteristics of the noise depend on the Speed,
Bias, and Tape Machine settings, and the relative
level of the noise dependson the Drive, Cal Adjust,
and Tape Formula settings.

Noise is adjustable from Off (-INF) to —24 dB,
with the default value being Off.

Bias

The Bias control simulates the effect of under- or
over-biasing the modeled tape machine. Biasis ad-
justable from —6 dB to +6 dB, with a default value
of 0.0 dB. The 0.0 dB value represents a standard
overbias calibration of 3 dB for analog tape ma-
chines, so the control acts as a bias offset rather
than as an absolute bias control.

Cal Adjust

Cal Adjust simulates the effect of three common
calibration levels on the model ed tape machine and
magnetic tape formulations.

With the evolution of tapeformulations, it was pos-
sible to increase the fluxivity level, or magnetic
strength, of the signals on tape. Over theyears, this
resulted in an elevation of recorded levels relative
to a standard reference fluxivity (185 nW/m at
700 Hz). The Cal Adjust value expresses the ele-
vated level in dB over this standard reference level.

The Cal Adjust control does not affect the overall
gain, but does affect the amount of saturation effect
for agiven input signal.

Available Cal Adjust values are:

« +3 dB (equivalent to 250 nW/m)

» +6 dB (equivalent to 370 nW/m)

e +9dB (equivalent to 520 nW/m)

The default value is +6 dB.
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Reel Tape Saturation Tips

+ UseRed Tape Saturation onindividual tracksto
round out sharp transients or add color to sustained
tones.

« Use Reel Tape Saturation on agroup of tracks
(for example drums) to add cohesivenessto the
sound of the group.

+ Use Reel Tape Saturation on a Master Fader to
apply analog tape-style compression to a mix.

Reel Tape Saturation Presets

The sonic effect of Reel Tape Saturation depends
on many factors, including the signal level of the
source material; these presets are just starting
points. With some experimentation, Reel Tape Sat-
uration can yield warmer-sounding results than
conventional digital compression.

Bass Drum Rounds out and adds consistency to
bass drum hits.

Bass Gtr Adds consistency and warmth to bass
guitar sound while avoiding compression artifacts

Snare Drum Reduces harsh peaks resulting from
EQ-boosted snare drum or rim shots.

Chapter 49: Reel Tape Saturation
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Chapter 50: SansAmp PSA-1

SansAmp PSA-1 isaguitar amp simulator plug-in. Punch up existing tracks or record great guitar sounds
with the SansAmp PSA-1. Capture bass or electric guitar free of muddy sound degradation and dial in the
widest range of amplifier, harmonic generation, cabinet simulation and egualization tone shaping options
available! Tube sound, speaker simulation, warm equalization and cool |o-fi textures—no wonder thou-
sands of records feature the classic sounds of SansAmp!

Prazat

sl

<factory default> =
FEE comPareE

SAFE

Auto Map

Faclory Default Map
Mo Conirol LEARN

SansAmp PSA-1

SansAmp PSA-1isavailablein DSP, Native, and
AudioSuite formats.

SansAmp PSA-1 supports 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

SansAmp PSA-1 operates as amono, multi-mono,
or stereo plug-in.

B. Andrew Barta of Tech 21, Inc. introduced the
SansAmp Classic in 1989. A guitar player with
both atrained ear and electronics expertise, An-
drew and Tech 21 pioneered the market for tube
amplifier emulation.

Chapter 50: SansAmp PSA-1

SansAmp's FET-hybrid circuitry emulation cap-
turesthe low-order harmonics and sweet overdrive
unique to tube amplifiers. And pushed harder,
SansAmp a so generates cool lo-fi and grainy
sound textures that still retain warmth.

SansAmp also features a proprietary speaker simu-
lator which emulates the smooth, even response of
amultiple-miked speaker cabinet—free of the
harsh peaks, valleys and notches associated with
single miking or poor microphone placement.

Finally, SansAmp provides two extremely sweet
sounding tone controls (high and low) that sound
great on most anything.
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PSA-1 Controls
Use the eight knobs to dial in your tone or effect.

Pre-Amp

Determines the input sensitivity and pre-amp dis-
tortion. Increasing the setting produces an effect
similar to putting a clean booster pedal ahead of a
tube amp, overdriving the first stage. For cleaner
sounds, use settings below the unity-gain point.

Buzz

Controls low frequency break up and overdrive.
Boost the effect by turning clockwise from the cen-
ter point indicated by the arrows. Asyou increase
towards maximum, the sound becomes (you
guessed it) buzzy, with added harmonic content.
For increased clarity and definition when using dis-
tortion, position the knob at its midpoint or towards
minimum.

Punch

Sets midrange break up and overdrive. Decreasing
from the center produces a softer, “ Fender”-style
break up. Increasing the setting produces a harder,
heavier distortion. At maximum, it produces a
sound similar to awah pedal at mid-boost position
placed in front of a Marshall amp.

Crunch

Brings out upper harmonic content and, on guitars,
pick attack. For cleaner sounds or smoother high
end, decrease as needed.

Drive

Increases the amount of power amp distortion.
Power amp distortion is associated with the “Vin-
tage Marshall” sound—using SansAmp, you can
produce the effect even at low levels.

Chapter 50: SansAmp PSA-1

Low

Provides atone control specially tuned for maxi-
mum musicality when used to EQ low frequencies
on instruments. Boost or cut by +12 dB by turning
from the center point indicated by the arrows.

High
Boosts or cuts high frequencies by +12 dB.

Level

Boosts or cutsthe overall gain to re-establish unity
after adding distortion or equalizing the signal.

PSA-1 Tips and Tricks

Peace and Unity

The arrows in the SansAmp controls indicate the
unity-gain position.

Louder and Cleaner

For best results, don’t set the Pre-Amp level lower
than unity gain when the Drive knobisat 9 o’ clock
or higher. However, if you want a crystal-clear
sound and the Drive control is aready near mini-
mum, decrease Pre-Amp to further remove distor-
tion.

Pre-Amp Versus Drive

To create varying types of overdrive, vary
Pre-Ampin relation to Drive. A high Pre-Amp set-
ting emphasizes pre-amp distortion (see “Mark 1”
preset), while high Drive settings emphasize power
amp distortion (see “Plexi” preset).
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Part IX: Dither Plug-Ins



Chapter 51: Dither

Dither is adither-generation plug-in. The Dither
plug-in minimizes quantization artifacts when re-
ducing the bit depth of an audio signal to 16-, 18-,
or 20-bit resolution.

Dither is availablein DSP and Native formats.

Dither supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

Dither operates as a mono, multi-mono, or stereo
plug-in.

Proset & Auto
d <factory default> | i BYPASS
-+ COMPARE  SAFE bsP

16bit ¥ NOISESHAPING

DITHER

Dither

Whenever you are mixing down or bouncing to
disk and your destination bit depth islower than 24-
bit, insert a dither plug-in on a Master Fader track
that controls the output mix.

Using adither plug-in on a Master Fader is prefer-
ableto an Auxiliary Input because Master Fader in-
serts are post-fader. As a post-fader insert, the
dither plug-in can process changesin Master Fader
level.

For moreinformation on using dither plug-ins
in Pro Tools, see the Pro Tools Reference
Guide.

Chapter 51: Dither

The Dither plug-in has user-selectabl e bit resolu-
tion and a noise shaping on/off option.

Q If you are mixing down to an analog
destinationwith any 24-hit capableinterface,
you do not need to use Dither. This allows
maximum output fidelity from the 24-bit digi-
tal-to-analog converters of the interface.

Dither Controls

The Dither plug-in has a Bit Resol ution button and
a Noise Shaping button.

Bit Resolution Button

Use this pop-up menu to choose one of three possi-
ble resolutions for the Dither processing. Set this
control to the maximum bit resolution of your des-
tination.

16-bit Recommended for output to digital devices
with amaximum resolution of 16 bits, suchasDAT
and CD recorders.

18-bit Recommended for output to digital devices
with a maximum resolution of 18 bits.
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20-bit Recommended for output to digital devices
that support afull 20-bit recording data path, such
the Sony PCM-9000 optical mastering recorder, or
the Alesis ADAT XT 20. The 20-bit setting can
also beused for output to digital effectsdevicesthat
support 20-bit input and output, since it provides
for alower noise floor and greater dynamic range
when mixing 20-bit signals directly in Pro Tools.

A The Dither plug-in only provides eight chan-
nelsof uncorrelated dithering noise. If Dither
is used on more than eight tracks, the dither-
ing noise begins to repeat and dither perfor-
manceisimpaired. For example, if two Quad
Dithers are used, both Quad instances of
Dither will have all of their dither noise un-
correlated. However, any additional in-
stances of the Dither plug-in will begintore-
peat the dithering noise.

Noise Shaping Button

The Noise Shaping button engages or disengages
Noi se shaping. Noise shaping ison when the button
ishighlighted in blue.

Noise shaping can further improve audio perfor-
mance and reduce perceived noise inherent in dith-
ered audio. Noise shaping uses filtering to shift
noise away from frequenciesin the middle of the
audio spectrum (around 4 kHz), where the human
ear ismost sensitive.

Chapter 51: Dither
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Chapter 52: POW-r Dither

POW-r Dither is a dither-generation plug-in. The
POW-r Dither plug-inisan advanced type of dither
that provides optimized bit depth reduction. It is
designed for final-stage critical mixdown and mas-
tering tasks where the highest possible fidelity is
required when reducing bit depth.

POW-r Dither is availablein DSP and Native
formats.

POW-r Dither supports 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

POW-r Dither operates as a mono, multi-mono, or
stereo plug-in.

S Auto
WEW  aveass

Track Proset
Master1  d <factory dafault>

-+ COMPARE  SAFE bsF

16bit ™| Noise Shaping Type 17

POW-R NITHER

POW-r Dither
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POW-r Dither Controls

POW-r Dither provides avariety of controlsfor ad-
justing plug-in parameters.

Bit Resolution

Use this pop-up menu to choose either 16- or 20-bit
resolutions for POW-r Dither processing. Set this
control to the maximum bit resolution of your des-
tination.

16-bit Recommended for output to digital devices
with amaximum resolution of 16 bits, suchasDAT
and CD recorders.

20-bit Recommended for output to devices that
support afull 20-bit recording data path.

Noise Shaping

Noise shaping can further improve audio perfor-
mance and reduce perceived noise inherent in dith-
ered audio. Noise shaping uses filtering to shift
noise away from frequencies in the middle of the
audio spectrum (around 4 kHz), where the human
ear ismost sensitive.

A The POW-r Dither plug-in is not appropriate
for truncation stages that are likely to be fur-
ther processed. It isrecommended that POW-r
Dither beused only asthelast insert inthe sig-
nal chain (especially when using Type 1 Noise
Shaping).
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The POW-r Dither plug-in provides three types of
noise shaping, each with its own characteristics.
Try each noise shaping type and choose the onethat
adds the least amount of coloration to the audio be-
ing processed.

Type 1 Has the flattest frequency spectrum in the
audible range of frequencies, modulating and accu-
mulating the dither noise just below the Nyquist
frequency. Recommended for | ess stereophonically
complex materia such as solo instrument record-
ings.

Type 2 Has apsychoacoustically optimized low or-
der noise shaping curve. Recommended for mate-
rial of greater stereophonic complexity.

Type 3 Has a psychoacoustically optimized high
order noise shaping curve. Recommended for full-
spectrum, wide-stereo field material.

For moreinformation on using dither plug-ins
in Pro Tools, see the Pro Tools Reference
Guide.

Chapter 52: POW-r Dither

317



Part X: Sound Field Plug-Ins



Chapter 53: AutoPan

AutoPan is an automatic panning plug-in that is
availablein DSPand Nativeformats. A utoPan pans
amono input to amultichannel (stereo, LCR, quad,
or 5.0) output based on a LFO, envelope follower,
MIDI Beat Clock, or manual automation. AutoPan
isideal for rhythmic panning effects based on your
Pro Tools session tempo. It also provides an easy
and elegant way to automate panning to multichan-
nel surround formats for post-production.

AutoPan

Chapter 53: AutoPan

AutoPan Controls

AutoPan provides output meters, panner controls,
LFO controls, tempo controls, and envel ope con-
trols.

AutoPan Output Meters

The Output meters display the amplitude of the out-
going audio. In mono-to-stereo mode, atwo meter
bar is shown. In mono-to-LCR, quad, or 5.0 mode,
three, four, or five channel sare shown respectively.

Output meters (L, C, R, Ls, Rs)

The Clip indicator lights red when the channel has
clipped. Theclip indicator for each channel can be
cleared by clicking it.
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AutoPan Panner Controls

The Panner section provides different controls for
different output channel configurations. AutoPan
in mono-to-stereo and mono-to-L CR formats pro-
vide controls common to all output configurations:
Output, Width, and Manual. AutoPan mono-to-quad
and mono-to-5.0 formats provide additional con-
trols depending on the Path selection: Angle and
Place, or Spread. Additionally, the Panning Source
selector, Panning display, and Path selectors are
common to all output channel configurations.

Output

The Output slider lets you cut or boost the output
signal level from —24 dB to +12 dB.

r

Panner section, mono-to-stereo, left to right path
selected

Width

The Width slider controls the width of the panning
field. At 100%, the panning field isat itswidest. At
0%, the panning field is centered and stationary.
TheWidth dlider effectively determinestheamount
of LFO or Envelope control on the pan position.

Manual

The Manual slider directly controls the pan posi-

tion, thisletsyou manually control the pan position
from acontrol surface or by using automation. The
amount of manual control is affected by the setting
of the Width slider. For full manual control, set the
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Width slider to 0%. When the Width slider is at
100%, the Manual slider has no effect on the pan
position. When Width is set to 50%, the LFO
sweeps the position through 50% of its range and
theManual slider letsyou move the position of that
50% range.

Angle

The Angle slider adjusts the orientation of the pan-
ning field from —90° to +90°. At 0°, the panning
field is oriented strictly left/right. At —90° or +90°,
the panning field is oriented strictly front/back.

r

Panner section, mono-to-5.0, left to right path selected

The Angle dlider is only available with mono-to-
guad and mono-to-5.0 formats, and aleft to right or
right to left path selected.

Place

The Place dider adjusts the front/back placement
of the panning field. At 0%, the panning field is

centered front/back. At +100%, it is placed al the
way front. At —100%, it is placed all the way back.

The Place dlider isonly available with mono-to-
guad and mono-to-5.0 formats, and aleft toright or
right to left path selected.
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Spread

The Spread slider opens or constricts the field of
panning. At 100%, the spread of the panning field
isat its greatest. At 0%, the spread of the panning
field is completely constricted, and the sound is
centered and stationary (left/right and front/back).

|~

Panner section, mono-to-5.0, clockwise path selected

The Spread dlider is only available with mono-to-
guad and mono-to-5.0 formats, and a circular path
(clockwise or counterclockwise) selected.

Panning Source

Click LFO or Env to select the source for panning.
When the Source is set to LFO, panning is con-
trolled by the LFO and its controls (see “ AutoPan
LFO Controls’” on page 322). When the Sourceis
set to Envelope (Env), panning is controlled by the
Envelope Detector and its controls (see “AutoPan
Envelope Controls’ on page 324). The Envelope
Detector can be triggered by the panned audio sig-
nal, or by aside-chain input (see “Using the Side-
Chain Input” on page 325).

—e

Panning Source buttons
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Panning Display

The Panning display graphically represents the
panning field and the location of the sound source
within that field.

Panning display, mono-to-5.0, left to right path selected

Sound Location Indicator Thisbright yellow light
indicates the location of the sound source.

Panning Field Indicator Thisisthegrey line on
which theyellow Sound Location indicator travels
and indicates the panning field.

Path

The Path selectors determine whether the audio
signal pansleft toright, right to left, orinacircular
motion clockwise, or counterclockwise. The circu-
lar path selectors (clockwise and counterclock-
wise) are only available with mono-to-quad and
mono-to-5.0 formats.

Path selectors, left to right path selected
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AutoPan LFO Controls

The LFO section provides controlsfor the Low Fre-
guency Oscillator that can be used to modul ate pan-
ning. The controlsin the LFO section only affect
the panning if LFO is selected as the panning
source in the panning section (see “Panning
Source” on page 321).

TRIGGERS

(_smsie_ ) @

_gEATClOCK ) @

LFO section

A\ When the Panner section is set to Envelope
(Env), the controlsin the LFO section have
no effect on panning.

Rate

The Rate dlider adjuststhe rate of the LFO in beats
per minute. When Link to Tempo is activated, the
slider isignored and the Tempo display always

shows the current session tempo (see “Tempo Dis-

play” on page 324).
Waveform

The Waveform selector determinesthe wave shape
used by the LFO. The waveform shapein useis
graphically depi cted by the movement of the Sound
Location indicator in the Panning display.
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v triangle
ramp
sine

half sine

square

4 step tri

B step tri

8 step tri

3 step ramp
4 step ramp
6 step ramp
8 step ramp

Selecting the LFO Waveform

LFO Triggers

By default, the LFO cycles continuously through
the selected waveform. The LFO can beset to cycle
through the selected waveform just once, or it can
betriggered by MIDI Beat Clock, the Envelope, or
manually.

‘rnl;c-.:?l.-s-
D e
o
°

LFO Triggers

Single Whenthe Single trigger is selected, the LFO
will cycle through the waveform once only and
then stop.
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Beat Clock When the Beat Clock trigger is se-
lected, the LFO synchronizesto MIDI Beat Clock.
TL AutoPanreceives Beat Clock signal every 64th-
note. The Duration menu determines how often the
Beat Clock signal triggers TL AutoPan, ranging
from every 16th-note to every 4 bars. When Beat
Clock signal isreceived, the Beat Clock trigger
light blinksbrightly. Using the Beat Clock function
enables TL AutoPan to produce consistent panning
results, ensuring that the LFO isalwaysin the same
state at each beat.

Envelope When the Envelope trigger is selected,
the LFO istriggered directly by the Envelope De-
tector, which analyzes the amplitude of the audio
signal. If the Side-Chain Input selector in the Enve-
lope section is activated, then the side-chain audio
signal is used instead. When activated, the Enve-
lope light blinks brighter when an audio signal is
detected. Thethreshold level can be adjusted using
the Threshold control in the Envelope section.

If the Envel ope Detector iscompletely released due
to previous portions of the audio signal going
above threshold, atrigger occurs the next time the
audio goes above the threshold level. Another trig-
ger will not happen until the Envel ope Detector has
completely released after the audio goes below the
specified threshold. Increasing the release time re-
duces the rate at which triggers can occur and de-
creasing thereleasetimeincreasestherate at which
triggers can occur.

Manual When the Manual trigger is selected, the
LFO istriggered manually. This can be especially
useful if you want to trigger the LFO using

Pro Tools automation.

With control surfaces and automation, the Manual
trigger acts like an on/off switch and triggersthe
LFO every time it changes state.
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AutoPan Tempo Controls

Link To Tempo

When the Link To Tempo option is enabled, the
LFO rateis set to the Pro Tool s session tempo, and
any tempo changes in the session are followed au-
tomaticaly. In addition, the LFO rate dlider isig-
nored and the Tempo display always showsthe cur-
rent session tempo.

LINKTO TEMPO ()
Tempo controls

Duration Selector

The Duration selector works in conjunction with
the session tempo, LFO rate, and Beat Clock trig-
ger. By default, Durationis set to 1 bar. At that set-
ting, the LFO cycles once within one bar. When
Duration isset to 1 beat, the LFO cycleswithin the
duration of one beat. When Link to Tempo is en-
abled, the Duration menu allowsthe LFO rateto be
set as afunction of the tempo of the Pro Tools ses-
sion. The Duration menu also controls how often
the Beat Clock trigger is activated.

1/16 note
1/8 note
1/4 note
i 1/2 note
o v 1 beat
2 beats
3 beats
4 beats
5 beats
6 beats
7 beats
8 beats
1 bar
2 bars
3 bars
4 bars

Selecting Duration
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Tempo Display

The Tempo display showsthetempoin BPM. The
valuein the Tempo display can aso be edited di-
rectly by clicking it and typing a new value.

Tempo display

AutoPan Envelope Controls

When Envelope (Env) is selected as the Panning
source, Panning (as shown in the Panning display)
is controlled by the audio signal and the Envelope
section controls.

Envelope section

A\ When Envelope (Env) is not selected asthe
Panning Source, the controlsin this section
have no effect on the sound.

Side-Chain Input

When the Side-Chain Input selector (the key icon)
is enabled, the audio for the Envelope Detector is
taken from the side-chain input rather than the cur-
rent track. Select the Side-Chain Input using the
Pro Tools Key Input selector at the top of the plug-
in window.

Side-Chain Input selector enabled
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Threshold

The Threshold slider sets the amplitude level re-
quired for the Envelope Detector. The LFO Enve-
lope Detector light blinks brighter when audio is
detected above the threshold.

Attack

The Attack dlider sets the attack rate of the Enve-
lope Detector.

Release

The Release dlider sets the release rate of the En-
velope Detector.

Using AutoPan

AutoPan can be used for dynamic panning effects
based on a Low Frequency Oscillator (LFO), an
amplitude envelope (ENV), or manual control.
AutoPan makesit easy to pan to the beat of amusic
track, aswell as panning “fly-around” effects. The
following section describes two possible scenarios
for using AutoPan: panning to the beat for rhythmic
panning effects and surround panning effects for
post production.

Panning to the Beat

AutoPan lets you synchronize the LFO to MIDI
Beat Clock for rhythmic panning effects.

To synchronize AutoPan to MIDI Beat Clock:

1 Make sure that your session tempo matches the
tempo of the music.

2 Insert amono-to-stereo instance of AutoPan on
the mono audio track containing the audio you
want to pan. The track’s channel width changes
from mono-to-stereo.
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3 Inthe AutoPan Plug-In window, enable Link To
Tempo. Thissetsthe LFO rate to follow the ses-
sion tempo.

4 Select aduration from the Duration selector. For
example, select 2 Beats.

5 Select awaveform for the LFO from the Wave-
form selector. For example, select 4 Step Trian-
ge

6 EnableBeat Clock for the LFO Trigger. Thisen-
sures that the LFO is synchronized to the beat.

7 Play back the session to hear the panning effect.

Post Production Panning
(Pro Tools HD Only)

AutoPan |etsyou pan amono track to agreater than
stereo (LCR, Quad, or 5.0) output in a surround
path. Thisis especially useful for post-production
applications. Thefollowing exampledescribeshow
to use TL AutoPan to pan a“mosquito” sound in
5.0 surround.

To pan a mono track to 5.0 with AutoPan:

1 Insert amono-to-5.0 instance of AutoPan on the
mono track containing the audio you want to
pan. The track’s channel width changes from
mono-to-5.0.

2 Select a5.0 output path from the track’s Output
selector.
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3 Inthe AutoPan Plug-In window, select a clock-
wise or counter-clockwise Path.

4 Adjust the Spread and Width sliders.

Q Try automating Spread and Width to alter the
" positioning of the panned sound.

5 From the LFO Waveform selector, select Half
Sine.

Q Try automating the Manual control instead of
using the LFO to create a more erratic pan-
ning of the “ mosquito” sound.

6 Adjust the Rate dlider.

Q Try automating Rate to alter the speed of the
" panned sound over time.

7 Play back the session to hear the “mosquito” fly-
ing around your head.

Using the Side-Chain Input

The Side-Chain Input option in AutoPan lets you
direct audio from another track in your Pro Tools
session to the Envelope Detector. Thisis achieved
by sending the audio from a channel to a bus and
setting the side-chain input on AutoPan to the same
bus.

For more information on using the Sde-
Chain Input, see the Pro Tools Reference
Guide.
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Chapter 54: Down Mixer

Avid Down Mixer can be used to automatically
mix greater-than-stereo multichannel tracks (such
as 5.1) down to stereo (Pro Tools HD only) or ste-
reo tracks down to mono.

Down Mixer is availablein DSP and Native
formats.

Down Mixer supports44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

NG M @ | M@ M d | Mm@ LG

0.0dB -.0d8 0048 -0.0dB 0.0dB -0.0dB

Down Mixer (5.1 to Stereo)

Down Mixer supports the following greater-than-
stereo multichannel formats:

* LCR

* LCRS

*+ 50

« 51

7.1 SDDS
« 71
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When inserting Down Mixer on acompatible
greater-than-stereo multichannel track, the channel
format of the track output changes to stereo.

When inserting Down Mixer on a stereo track, the
channel format of the track output changes to
mono.

Avid Down Mixer (Stereo to Mono)
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Source

The Source section of the Down Mixer plug-in pro-
vides controls that let you mute, invert the phase,
and adjust the level of each input channel to the
Down Mixer.

Mute

When enabled, the Mute button mutes the channel
input to the Down Mixer.

Phase

When enabled, the Phase button inverts the phase
of the channel input to the Down Mixer.

Level

Y ou can adjust the level of the channel input to the
Down Mixer from—45 dB to +12 dB. For stereo to
mono down mixing, both the Left and Right chan-
nels are mixed to summed mono. For greater-than-
stereo multichannel down mixing, the following
rules apply:

* Allleft-channel sources(L, Lc, Ls, Lss, Lsr)feed

to the left channel (L) of the down mixer.

« All right-channel sources (R, Rc, Rs, Rss, Rsr)
feed to the right channel (R) of the down mixer.

 The center channel (C) and low-frequency chan-
nel (LFE) are panned center into the stereo field
of the down mixer.

Meter

The level meters for source channels always show
the input level (pre-fader) for the channel regard-
less of the Source Level setting.
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Downmix

The Downmix section of the Down Mixer plug-in
provides output meters and asingle fader to adjust
the output level of the Down Mixer from —45 dB to
+12 dB.
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Chapter 55: Click Il

Click Il isametronome plug-in. The Click |1
plug-in creates an audible click during session
playback that you can use as atempo reference
when performing and recording. The Click |1
plug-in receives its tempo and meter data from the
Pro Toolsapplication, letting it follow any changes
in tempo and meter in asession. The Click |1
plug-in is a Native mono-only plug-in. Several
click sound presets are included.

Click Il supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

Proset = Auto
a <factory default> FEW  avpass

-+ COMPARE SAFE Native

120

Classie Click Ace ™

Click Il

Click Il does not sound if the Click optionis
disabled (Options> Click) or if the Click
track has been muted.
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Click Il Controls and Displays

Click Il providesdisplaysfor the session Meter and
Tempo settings (which can be set manually in the
Transport window or can follow the conductor rul-
ersfor Meter and Tempo in the session Timeline).

Beat Display

The Beat display shows the number of beatsin a
bar as determined by the Meter for the session. If
the session contains meter changes, the Beat dis-
play shows the number of beatsin abar for the Me-
ter at the current location of the Playback Cursor.

Follow Meter

When the Follow Meter option is enabled (high-
lighted), Click 11 follows the Meter track for the
session. If this option is disabled (un-highlighted),
you can set the rhythmic values for Click 1 and
Click 2 independently of the Meter track.

To enable (or disable) the Follow Meter option:

= Click the Follow Meter toggle below the Beat
display.

BPM Display

The BPM display shows the current tempo in the
session. If Tempo is set manually, with the Con-
ductor track disabled, thetempo as set in the Trans-
port window isdisplayed. If the Conductor track is
enabled, the Tempo at the current location of the
Playback Cursor is displayed.
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ON Button and MIDI IN LED

Click the ON button to manually turn the Click on

or off. Itison when it islit. Just below the ON but-
ton isan LED that illuminates each time the Click

plug-in receives a click message from the

Pro Tools application, indicating the click tempo.

Click 1

The Click 1 section provides controls for the down-
beat click.

Accent Fader

The Accent fader lets you set the relative strength
of the accent (output MI1DI velocity) for the down-
beat click.

Click Sound Selector

You can choose from several click sound options
using the Click Sound selector.
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Click Beat Value

If the Follow Meter option is disabled, you can
manually set the rhythmic value for the downbeat
click. If the Follow Meter option is enabled, the
Click Beat Vaue options grayed out.

To set the Click Beat Value independently of the
Meter track:

1 Ensurethat the Follow Meter option is disabled.

2 Click to select arhythmic value for the down-
beat click (whole, half, quarter, eighth, or six-
teenth note).

3 Click to select (or deselect) thetriplet or dot
modifier for the beat value.

Q The Click Beat Value options can be auto-
mated to support the appropriate accent pat-
ternsfor different meters for the click.

Click 2

The Click 2 section provides the same controls as
the Click 1 section, but for all beats other than the
downbeat.
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Creating a Click Track

To create a click track with the Click Il plug-in:

1 Ensure that the Options > Click is enabled.

2 Choose Track > Create Click Track.

Pro Tools creates a new Auxiliary Input track
named “Click” with the Click |1 plug-in aready in-
serted. In the Edit window, the track’s Track
Height is set to Mini.

To manually create a click track with the Click

plug-in:

1 Select Options > Click to enablethe Click option
(or enable the Metronome button in the Trans-
port).

2 Create new amono Auxiliary Input track and in-
sert the Click 11 plug-in.

3 Select aclick sound preset.

4 Choose Setup > Click/Countoff and set the Click
and Countoff options.

A\ TheNote, Velocity, Duration, and Output
optionsinthisdialog arefor usewith MIDI
instrument-based clicks and do not affect
the Click Il plug-in.
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Click/Countoff Options

Click
° During play and record
Only during record
(. Only during countoff

Note Welocity  Duration
pa— D s
Unacosriad D

A |

Output | nane

Countoff
Only during record Bars

h»‘ ;'-':"'H _ D d

Click Options dialog

5 Begin playback. A click is generated according
tothetempo and meter of the current session and

the settings in the Click/Countoff Options dia-

log.

See the Pro Tool s Reference Guide for more
information on configuring Click options.
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Chapter 56: ReWire

Pro Tools supports ReWire version 2.0 technology
developed by Propellerheads Software. ReWireis
availablein Pro Tools using the ReWire Native

plug-in.

ReWire provides real-time audio and MIDI
streaming between applications, with sample-accu-
rate synchronization and common transport func-
tionality.

'Wire

Max 6 Max 6 1- Max § 2

RENIRE

ReWire

Using ReWire, Pro Tools can send and receive
MIDI toand from aReWireclient application, such
as a software synthesizer, and receive audio back
from the ReWire client. Pro Tools applies MIDI
time stamping to al incoming MIDI.

Compatible ReWire client applications are auto-
matically detected by Pro Tools and are available
inthe Plug-Ins (Native) Insert menusin Pro Tools.
Selecting a ReWire client application within

Pro Tools automatically launches that application
(if the client application supportsthisfeature). Any
corresponding MIDI nodes for that application are
availablein any Instrument track’s MIDI Output
selector (Instrument view) and any MIDI track’s
Output selector.
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Oncethe outputs of your software synthesizersand
samplers are routed to Pro Tools, you can:

 Processincoming audio signals with plug-ins

» Automate volume, pan, and plug-in
controls

* Bounce To Disk

« Take advantage of the audio outputs of your
Pro Tools audio interfaces

A\ Pro Tools does not support sending audio to
ReWire client applications.

A Not all ReWire client applications support
automatic launch from a ReWire-mixer ap-
plication. For these applications, launch the
ReWireclient app separately, and then select
itasaplug-ininsertin Pro Tools.

A\ Exchange of additional metadata such
as controller and note names between
Pro Tools and ReWire clientsis not sup-
ported.
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~1 MIDI from Pro Tools to ReWire client (Reason)

Audio from ReWire client (Reason) to Pro Tools
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Audio and MIDI signal flow between Pro Tools and a ReWire client application (Reason shown)
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ReWire Requirements

To use the ReWire plug-in, you will need:
* An Avid-qualified Pro Tools system

¢ 64-bit ReWire-compatible client software (such
as Reason from Propellerheads Software)

A Client software must support the same sample
rate asthe session using ReWire. For example,
third-party client software that does not sup-
port samplerates above 48 kHz cannot be used
ina 96 kHz Pro Tools session.

ReWire support is also under development for
other third-party companies. For availability, check
with the manufacturer or visit the Avid website
(Www.avid.com).

Track Count with Pro Tools HD

With Pro Tools HD, the ReWire plug-in can bein-
serted on any kind of track. Each channel of audio
transmitted through ReWire then uses the same
amount of resources as the audio track on which it
isinserted.

Consequently, you canonly useatotal combination
of audio track channels and ReWire audio streams
that does not exceed the maximum number of pos-
sible voices for your system. For example, if you
are playing 96 stereo audio tracks in a 48 kHz/24-
bit session on a system that supports 256 voices at
that sample rate, another 64 channels of audio will
be available for use with ReWire. However, note
that ReWire only supports amaximum of 64 audio
streams per host application.
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Using ReWire at higher sample rates will increase
the load on the CPU. For example, CPU load at
96 kHz isdouble the load at 48 kHz. Y ou can mon-
itor Pro Tools CPU usage in the System Usage
window, making sure to not overtax your system.

Q With Pro Tools HD, the standard Hardware
" Buffer size of 512 samples is recommended
for using ReWire in sessions with sample
rates above 48 kHz.

Track Count with Pro Tools Host-based
Systems

With Pro Toolshost-based systems, performanceis
determined by several factors, including host CPU
speed, available memory, and buffer settings. Avid
cannot guarantee 64 simultaneous audio channel
outputs with ReWire on al computer configura-
tions.

For the latest information on recommended CPUs
and system configurations, visit the Avid website
(Wwww.avid.com).
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Using ReWire

The ReWire plug-in isinstalled when you install

Pro Tools. All inter-application communications
between Pro Tools and ReWire client softwareis
handled automatically.

To use a ReWire client application with Pro Tools:

1 InPro Tools, choose Track > New and specify
one Instrument track (or audio or Auxiliary In-
put track), and click Create.

2 Inthe Mix window, click the Insert selector on
thetrack and assign the ReWireclient plug-into
the track insert.

The ReWire client application launches automati-
caly in the background (if the client applications
supports auto-launch).

<0

If the client application does not support
auto-launch, launch it manually. Some Re-
Wire client applications may need to be
launched and configured before launching
Pro Tools (such as Cycling 74 Max/MSP).
Others may need to be launched after

Pro Toolsislaunched (such as Ableton Live).
For more information, refer to the manufac-
turer’ sdocumentation for your ReWireclient
application.

3 Configure the ReWire client application to play
the sounds you want.

4 InPro Tools, set the output of the client applica-
tion in the ReWire plug-in window. Thisisthe
audio output of the ReWire client to Pro Tools.
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Re \ Wire

R moouput= |
| <no output=>

Channel 3 - Channel 4 !
Channel 5 - Channel &
Channel 7 - Channel 8
Channel 9 - Channel 10
Channel 11 - Channel 12
Channel 13 - Channel 14
Channel 15 - Channel 16
Channel 17 - Channel 18
Channel 19 - Channel 20
Channel 21 - Channel 22
Channel 23 - Channel 24
Channel 25 - Channel 26
Channel 27 - Channel 28
Channel 29 - Channel 30
Channel 31 - Channel 32
Channel 33 - Channel 34
Channel 35 - Channel 36
Channel 37 - Channel 38
Channel 39 - Channel 40
Channel 41 - Channel 42
Channel 43 - Channel 44
Channel 45 - Channel 46
Channel 47 - Channel 48
Channel 49 - Channel 50
Channel 51 - Channel 52
Channel 53 - Channel 54
Channel 55 - Channel 56
Channel 57 - Channel 58
Channel 59 - Channel 60
Channel 61 - Channel 62
Channel 63 - Channel 64

Selecting the audio output from a ReWire client
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5 Inthe Mix window, click the track’s MIDI Out-
put selector aand select the ReWire client appli-
cation. Some ReWire clients (such as Reason)
may list multiple devices. If so, choose the de-
vice that you want.

Bass - channel-15 [

Bass Arpeggio Contrdl - channel-16
Choir - channel-7

Delay - channel-10

Dist - channel-9

Drums - channel-11

Selecting the ReWire client device to receive MIDI
from Pro Tools (Instrument track shown)

6 Choose Options > MIDI Thru and record enable
the MIDI track. Play some notes on your MIDI
controller to trigger the client application. The
selected ReWire device responds to MIDI sent
from Pro Toolsand playsback audio through the
assigned Pro Toolstrack (Instrument, Auxiliary
Input, or audio track).

If your ReWire client application is a sequencer
and you want to begin synchronized playback with
Pro Tools, press the Spacebar or click the Play but-
ton on the Pro Tools Transport.
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MIDI Automation with ReWire

Y ou can use Pro ToolsMIDI tracksto record MIDI
continuous controller (CC) datafrom aReWirecli-
ent application, and then play back MIDI from
Pro Toolsto send therecorded MIDI CC data back
to the ReWire client application. In thisway, you
can adjust controlsin the ReWireclient application
(using the mouse or an external MIDI controller)
and record those changesin Pro Tools.

Recording MIDI Continuous
Controller Data Over ReWire

Thefirst step in automating a ReWire client appli-
cation’ scontrolsisto record the CC datatoaMIDI
track in Pro Tools.
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To record MIDI from a ReWire client application in
Pro Tools:

1 In Pro Tools, create anew MIDI track.

2 Fromthetrack’s MIDI Input selector, select the
ReWire device that you want to record.

Stereo Imager - channel-13
SubTractor 1 - channel-5
SubTractor 1 - channel-4
Synth Kick - channel-1
Synth Kick - channel-2

Adjusting a control in a ReWire client application

Tapel - channel-8 (Reason’s SubTractor shown)

Tape2 - channel-7
TAPE SATURATION - channel-2

TG77 Q If your external MIDI controller is correctly
The Echo 3 - channel-16 ¥ edtoth di ReWi lient
Top Loop — channel-2 mapp .o e Correspon |rTg. eWireclien
Top Loop - channel-1 application’s controls, and it is correctly

Tresor Beat - channel-16 routed through Pro Tools, use your MIDI

Tresor Beat - channel-15 X

Vox DeEsser - channel-1 controller to adjust the parameter you want
Vox Echo - channel-6

Vox Reverb - channel-7 to record.

Predefined 7 When you are done adjusting the control, return

to Pro Tools and stop recording.
Selecting the ReWire client device to record MIDI CC

data in Pro Tools 8 Record disable the MIDI track.
) 9 Fromthe MIDI Track View selector in the Edit
A\ Youmust select the ReWire device from window, select the view for the CC datayou just
which you want to record MIDI controller recorded.

data. Leaving thetrack’'s MIDI Input set to
All does not record any MIDI data over
ReWire.

3 Record enable the MIDI track.
MIDI CC data recorded from a ReWire client

4 Start recording in Pro Tools. application
5 Switch to the ReWire client application.

6 Adjust the control for which you want to record
MIDI CC data. Control changes are recorded to
the Pro Tools MIDI track as CC data.
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Playing Back MIDI Continuous
Controller Data Over ReWire

Once you have recorded MIDI CC data from the
ReWire client application to aMIDI track, config-
ure the MIDI track to play the ReWire client appli-
cation. Y ou can also edit the MIDI CC datain

Pro Tools until you achieve the best results.

To play back MIDI CC data over ReWire:

1 From the MIDI track’s MIDI Output selector,
select the ReWire client application device you
want to control (the same device from which
you recorded the MIDI CC data).

2 Start playback in Pro Tools.

3 Switch to the ReWire client application. Notice
that the corresponding control changes accord-
ing to the MIDI CC datafrom Pro Tools.

Quitting ReWire Client
Applications

When quitting Pro Tools sessionsthat integrate Re-
Wire client applications, quit the client application
first, then quit Pro Tools.

A If you quit Pro Tools before quitting ReWire
client applications, awarning dialog may ap-
pear stating that “ one or more ReWire appli-
cationsdid not terminate.” Toavoidthis, quit
all ReWire client applications before quitting
Pro Toals.
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Session Tempo and Meter
Changes and ReWire

Pro Tools transmits both Tempo and Meter datato
ReWire client applications, allowing ReWire-com-
patible sequencers to follow any tempo and meter
changesin aPro Tools session.

With the Pro Tools Conductor button selected,
Pro Tools always acts as the Tempo master, using
the tempo map defined in its Tempo Ruler.

With the Pro Tools Conductor button desel ected,
the ReWire client acts asthe Tempo master. In both
cases, playback can be started or stopped in either
application.

A Pro Tools supports tempo values from
30-300 bpm. When slaved to a ReWire client
application, Pro Tools playback will bere-
stricted to this range even if the client appli-
cation’ s tempo is outside this range. Addi-
tionally, some ReWire client applications
(such asReason) may misinterpret Pro Tools
meter changes, resulting in mismatched lo-
cate points and other unexpected behavior.
To prevent this, avoid using meter changesin
Pro Tools when using Reason as a ReéWire
client.
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Looping Playback with
ReWire

Because Pro Tools does not offer separate loop
markers as found in other third-party applications
such as Reason, if you want to loop playback, do
one of the following:

To loop playback in Pro Tools:

1 InthePro Tools Timeline, select the time range
that you want to loop.

2 Begin playback by pressing the Spacebar or
clicking the Play button in the Transport.

To loop playback within a ReWire client sequencer

= With playback stopped, specify the loop within
the ReWire client application and begin play-
back.

A If you create a playback loop by making a se-
lection in the Pro Tools Timeline, once play-
back is started, any changes made to loop or
playback markers within the ReWire client
application will deselect the Pro Tools Time-
line selection and remove the loop.
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Automating Input Switching
with ReWire

ReWire supports automation for switching inputs
during playback.

To automate switching inputs during playback:
1 Set the track’s automation to write.

2 Do one of the following:

» Changetheinput link pop-up menu
manually.

* Draw the automation in the Edit window.

E For information on drawing automation, see
the Pro Tools Reference Guide.
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Chapter 57: InTune

InTuneisaprofessional instrument tuner plug-in
that is available in DSP and Native formats. It of-
fers the features and performance of arack
mounted digital tuner in the convenience of aplug-
in. InTune provides accurate and rapid tuning for a
widerange of musical instruments, saving valuable
studio time and adding alevel of unprecedented
convenience for musicians and audio engineers.

TouselnTunewith Pro Tools, simply create anew
mono audio or Auxiliary Input track in Pro Tools,
and select InTune from the plug-in menu for that
track.

Pr— =
PR cOMPARE  SAFE  Native

When InTune detects an audio signal from the
track, the meter lights up and displaysthe relative
pitch of the incoming signal. With stringed instru-
ments, thiswill vary during the attack and decay of
the note.

By default, InTune loads the Chromatic tuner pre-
set. Thisdisplaysall notesin the scale and automat-
icaly displaysthe required octave.

InTune provides a number of factory presets for
stringed instruments in alternate tunings. Each fac-
tory preset is programmed with the specific notes
for each string of the instrument in order to speed
the tuning process, as well as making it easier for
engineersto generate test tones for musicians to
tune with.

_w_ Tane Volume

InTune
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1696900969696

INTUNE
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InTune Controls and Displays

InTune Auto Button

Click the Auto button to toggle Automatic Mode on
and off. When Automatic mode is active, InTune
will detect the note played and automatically show
the pitch for that note.

To enable Automatic mode:
= Click the Auto button to enable Automatic
mode. The Auto button highlights.

To tune to a single note and turn off Automatic
mode:

= Click the button for anote.

' (T T ra—n "
(__NeTone ™) (__Sirabe i

o

116969000696 %¢ |
._. 0¥6%6%6

INTUNE

_w— Tone Volume

Selecting a note

This turns off automatic mode. InTune will now
display pitch relative to the selected note only.
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InTune Test Tone Menu Selector

InTune will generate both sine wave and triangle
wave test tones as shown in the tone menu. The
“Audible’ tuning tone modul ates the input signal
against the reference tone.

To hear atest tone:

1 Select Sine, Triangle, or Audible from the Test
Tone selector.

—

Auto

MNo Tone

Triangle

-
Selecting a test tone

FR T

Aoadibla

2 Click the Note button for anote.

3 Adjust the Tone Volume slider.

When atest toneis playing, “Tone Playing”
appears in the information display.

InTune Edit Button

Clicking the Edit button displays the Tuner Pro-
gramming screen, where you can create custom-
ized tuning presets that display note selections for
specific instruments and tunings. See “Creating In-
Tune Tuning Presets’ on page 344.
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InTune Meter Selector

The Meter selector lets you use a standard
needle style meter or astrobe style display.

To select the Meter display:

= Select Needle or Strobe from the Meter
selector.

Selecting Meter display

Strobe Display

Coave ) Cumand) o™, 0w E3
¥ =
e

InTune, Strobe display

The Strobedisplay scrollstotheleft when thetuned
noteisflat, and to the right when the tuned note is
sharp. When the tuned note is close to the target
note, the strobe slows to a stop. The information
display shows the exact number of cents sharp or
flat from the target note.
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InTune Reference Frequency
Control

A L
= A= 440Hz e
]

InTune, Reference Frequency

Y ou can adjust the tuning reference frequency us-
ing the arrows inside the information display. By
default, reference frequency is A=440 Hertz.

InTune Note Buttons

The Note buttons provide two functions:

» When in automatic mode, clicking on a note but-
ton will turn off automatic mode and InTunewill
now display pitch relative to the selected note
only.

» When atoneis selected in the test tone menu,
clicking on anote button will play atest tonefor
that note. Click the note button again to turn off
the test tone.

The number of note buttonswill depend on the pre-
set selected. The default chromatic preset will dis-
play all twelve notes. A preset for asix string guitar
will only display six notes.

Octave Buttons

1169690696969

Down Octave button

Up Octave button

Octave buttons

The octave range of 0-8 displayed in InTuneis
based on middle C being equal to C4. In chromatic
presets, you can select atuning octave from 0-8 us-
ing the arrows at each end of the note display.
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InTune Tone Volume

The ToneVolumesdider controlsthe volume of the
test tone audio signal.

InTune Information Display

The LCD style information display in InTune dis-
playsthe following:

« The reference frequency
 The current note to which InTuneis tuning

» The number of cents sharp or flat from the cur-
rent note

¢ The status of any test tones playing

INTune Presets

InTune provides a selection of factory presets for
stringed instruments. These presets can be selected
from the Plug-In Librarian menu.

B Banjo 4 string
= Banjo 5 string

B Bass 4 string

m Bass 5 string

B Bass 6 string

& Guitar 6 string

= Guitar 7 string

= Guitar 8 string

= Mandolin

& Ukulele

Chromatic one octave

DADGAD gtr 6 string <
Double drop D gtr 6 string”
Drop D gir 6 string
E flat gtr 6 string
F Wahine gtr 6 string
Lowered 4th gtr 6 string
Lute gtr 6 string

+ Standard gtr 6 string

Chromatic

<factory default>

Selecting a InTune preset

To make any preset the default when InTune is
instantiated:

1 From the Plug-In Librarian menu, select a
preset.

2 From the Plug-In Settings menu, select Set As
User Default.

3 From the Plug-In Settings menu, select Settings
Preferences > Set Plug-In Default To > User Set-
ting.
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For more information on using plug-in
presetsin Pro Tools, seethe Pro Tools
Reference Guide.

Creating InTune Tuning Presets

InTune lets you create customized tuning presets
that display note selectionsfor specific instruments
and tunings. Once created, these tuning presets can
be saved as part of a standard Pro Tools plug-in
preset.

From the main InTune screen, click the Edit button
to display the Tuner Programming screen.

r

Tuner Programming

i)

@) chromatic Mode
€D Ssingle Octave Mode
@ Display Flat Semitones.

Tuner Programming

Chromatic Mode

When selected, Chromatic Mode overrides any cus-
tom note selections and displays a 12-note chro-
matic scale. Thenoteentry fieldsare disabled when
Chromatic Mode is selected.

Single Octave Mode

When selected, Single Octave Mode disables the
display of octaveinformation with each note on the
main InTune screen. When tuning in thismode, In-
Tune ignores the octave of the note being tuned.
Theoctaveinformation entered in the Edit screenis
used only for generating test tones.
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Single Octave Mode istypically used for instru-
ments which generate harmonics in multiple oc-
taves, such as bass guitars. Because of the low fre-
guency waveform generated by a bass guitar, itis
easier for InTune to tune to a higher harmonic of
the note instead.

Display Flat Semitones

InTunewill display all semitones entered into note
fields as sharp by default. For example, aguitar
tuned to E-flat isusually represented by the follow-

ing.
Eb2, Ab2, Db3, Gb3, Bb3, Eb4

By default, if these notes are entered in the Edit
screen, InTunewill display these same notesin the
following way.

D#2, G#2, CH#3, F#3, A#3, D#4

The Display Flat Semitones option overrides the
default behavior and displays semitones as flats,
not sharps. It is not possible to display both sharp
and flat semitones in the same tuning

preset.

Note Entry Fields

Thetwelve note entry fields alow entry of individ-
ual notesfrom AOto G7. Flat semitonesare entered
witha“b” (for example, Ab2), and sharp semitones
are entered with a hash or pound character (for ex-
ample, A#2). To clear an entry, enter “——."

Note fields are committed by pressing Return
(Macintosh) or Enter (Windows). If you do not
press Return or Enter, the note field will return to
the previous value entered. InTune will automati-
cally justify the note buttons as needed so they fitin
the correct area on the main screen.

The Note Entry fields are not availablein
Chromatic mode.
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Exit

In the Tuner Programming screen, click the Exit
button to return to the main InTune screen.

Using InTune

When InTune detects asignal, the meter lights up
and displays the relative pitch of the incoming sig-
nal. With stringed instruments, this will vary
during the attack and decay of the note.

In Automatic mode, InTune estimates the note to
which you are trying to tune. If the correct noteis
not lit in automatic mode, click on the noteto which
you are trying to tune for greater accuracy. This
will lock InTune to the specified note.

The meter will display the frequency of the note de-
tected, and the accuracy is displayed on a scale of
plus/minus 50 cents. In addition, the information
display will display the note and the number of
cents from perfect tuning.

When loading factory presets, stringed instruments
arelaid out from the highest numbered string (usu-
aly the lowest tone) to the highest, from left to
right. For example, asix string guitar in standard
tuning isshown as E2, A2, D3, G3, B3, E4, which
are the notes and octaves for the sixth string
through to the first string respectively.
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For best tuning results with guitars, do the
following:

 Use headphones, as loud monitors can modulate
the guitar string.

e Switchyour guitar toitsrhythm (neck) pickup, if
it has one.

* Roll your guitar’s tone knobs all the way off to
remove all the highs.

 Pluck the open string right over the twelfth fret,
not over the pickup.

To produce convenient test tones, select the appro-
priate preset from the Librarian menu and select an
appropriate test tone from the Test Tone menu.
Click aNote button to produce the appropriate test
tone. Test tones can be routed to headphones asre-
quired for musicians during session.
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Chapter 58: MasterMeter

MasterMeter is an oversampling meter plug-in that is designed for critical mixing and mastering applica-
tions. MasterMeter is available in DSP and Native formats.

Track Preset Auto  Map
Audio 2 <factory default> e Factory Default Map
MaslerMater - + [ COMPARE SAFE Na Control LEARN

0:0:0.000

| 0:0:0.000

| Event Begin &  Event End | Mi | Max
0:0:7.324 [0:0:7.324 0,00 dB

| Event Begin 4  Event End |
0:0:7.324 [0:0:7.324 0.00 dB

MasterMeter
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MasterMeter Overview

This section provides an overview of metering and
mastering, and how MasterMeter can help you pro-
duce great sounding mixes.

Understanding Digital Distortion

Clientsin the music industry regularly demand the
loudest possible mixes. In the process of achieving
such a“hot mix,” unwanted distortion can be intro-
duced. Intersample peaks that exceed 0 dB may
play without distortion in astudio environment, but
when the same mix is played through a consumer
CD player, the digital to analog conversion and
oversampling process can reproduce a distorted
mix.

Digital Audio Theory

A key observation in digital audio theory isthat the
entire waveform is represented by the sampling
points, but a reconstruction process still needs to
occur in order to recreate the waveform repre-
sented. One cannot simply “connect the dots” be-
tween sample points and yield the original wave-
form.

P waveform amplitude
o Ay sampled at even
al /TN yd LY intervals of time
=1/ \
=1 = 4
3 e : 7
% o . /_, Y
TIME
Sampling

A waveform can be represented in multiple ways
during the process of sampling, display and recon-
struction.
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The following four figures show how the same
complex waveform shown in the previous figure
can be represented in the digital domain.

i /
al. A
=1
=1
| N / /,
% e \ /
TIME
A complex waveform
4]
=
=]
=
-
:
TIME

Waveform sampled

TIME
Waveform as represented in DAW

AMPLITUDE

AMPLITUDE

TIME
Waveform as reconstructed at the D/A

The process of recreating the origina waveform

from the sampled waveform involves afilter called
areconstruction filter. Thisfilter removesall con-
tent above the Nyquist frequency (half the sample
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rate). The range below the Nyquist frequency de-
finesthe “legal” range of allowed frequencies as
frequencies in this range can be accurately repro-
duced. All frequencies above the Nyquist fre-
guency do not adhere to Nyquist or Shannon’s the-
orems regarding allowable frequencies, cannot be
reproduced and are therefore considered “illegal”
frequencies. Because of mathematical realities ob-
served by Fourier in the 1800s and subsequently by
Shannon in 1948, when awaveform has all fre-
guencies removed above the Nyquist frequency,
the resulting waveform will be the original wave-
form that was sampled.

This process is significantly more involved than
simply “connecting the dots” between sample
points. Today it involves extremely sophisticated
means of reconstructing thewaveform, using filters
that are highly complex mathematical systems uti-
lizing “oversampling,” “upsampling,” “linear
phase, equiripple FIR” designs and much more.

Oversampling creates a more accurate digital rep-
resentation of an analog signal by sampling some
number of times per second (frequency) and con-
verting into digital form. Oversampling requires at
least twice the bandwidth of the frequency being
sampled. For example, a consumer CD player us-
ing 2x oversampling is processing information at
88.2 kHz.

The result isthat today’ s digital to analog convert-
ers get closer to the original than ever before, mak-
ing music played on systems today as accurate as
possible. Even today’ s inexpensive components
such as off-the-shelf CD players have drastically
improved filters and thus better reconstruction abil -
itiesthan in years past.
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Application

Most contemporary audio recording is done with
Digital Audio Workstations (DAWSs), athough
digital mixing systemsin the form of outboard dig-
ital mixersarealso very popular. To the user, these
digital systems appear similar to traditional audio
tools and are designed order to emulate the opera-
tion of a conventional analog recording system.

Onefamiliar analog tool that has been carried over
tothe digital realm isa*peak meter” that tells the
amplitude of the waveform’s peaks. In the analog
realm, peak signal wasan indicator that would alert
the audio engineer when the peak signal level was
getting too high. A peak signal in analog recording
would cause the tape to saturate, creating distor-
tion. In an analog system however, thistype of dis-
tortion was often deliberately engineered into
tracks in order to achieve a certain sound.

In the digital realm this type of meter isimportant
and morevital, becauseif the amplitude of awave-
form exceeds the top of the measurable scale (full
scale, or “full code™), the signal will “clip” causing
unwanted and unpleasant distortion rather than the
traditional distorted sound of analog. This digital
clipping occurs because the waveform is “lopped
off” and the dataischanged. When thewaveformis
reconstructed it cannot be accurately donein order
to represent the original waveform. Instead, it hasa
significant amount of inharmonic distortion caused
by aliasing. For this reason, digital recording has a
maximum level at which signals can be recorded.
Anything exceeding thislevel (full scale) has unde-
sirable consequences.

The method used for computing the peak value in-
side the system however is not particularly accu-
rate. DAW systemstypically take the amplitude of
the samples and use these as the basis for the peak
meter. The problem with this approach is easily
identified: the samplesthemselves do not represent
the peak vaue of the waveform. The waveformis
only complete after the reconstruction process. Un-
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til this process has been completed, the waveform
isinaccurately represented by the samples. Thisis
the reason that in most DAWSsthe waveform is rep-
resented on the screen asa“dot to dot” connection
between sample points. They do not undergo the
reconstruction processinside the system, so all that
can be represented is the sample points and for the
sake of visual ease, they connect the dots between
them with straight lines. They save the reconstruc-
tion process for the digital to analog converters.

amplitude

/\ The actual peak

L~

The peak as |nd|cated by a
traditional digital peak meter } — -~

AMPLITUDE

TIME
Intersample peaks

The consequence of the way in which DAWSs treat
waveformsis that the meter inside the DAW or
other digital mixersinevitably showsinaccuratein-
formation. It isvirtually a mathematical certainty
that the waveform will exceed the amplitude of the
samplesin any sampling system. The samples
themselves only represent awaveform. It isimport-
ant to understand that the amplitude of the wave-
form will invariably exceed the sample values.

Manifestation

Today’s recording environment demands that ses-
sions are mixed and mastered as “hot” asis possi-
ble, pushing the levels up to the highest tolerable
amount, supposedly just short of clipping. Sophis-
ticated digital tools allow music to be highly com-
pressed, then recompressed, compressed even
more so with multi-band compressors, limited, nor-
malized, and maximized to get the audio to play as
loud as possible out of a consumer’s system.
Hence, itisvery common for popular music CDsto
befull of digital samplesthat areat, or nearly at full
scale.
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Theproblemisrealized in that while going through
these digital gyrations and utilizing digital toolsto
amplify the signal as much as possible, both during
mixing and during mastering, the “ peak value” of
the sample pointsis closely watched to ensure that
it doesnot get to full scale. Sincethe peak metersin
said DAW and digital mixing systems are inaccu-
rate, and do not actually indicate the peak values of
the resulting waveform, the result is that while the
samplesthemselvesdo not exceed full scaleand are
carefully monitored to ensure this, the resulting
waveformsrepresented by the samples may exceed
full scale throughout any standard CD!

While the digital mixing system isnot clipping the
music or distorting the music, the digital to analog
convertersthat havethetask of recreating theaudio
through digital reconstruction filters are clipping
repeatedly throughout most CDs on the market.
Theresult isthat most CDs and DVDs end up dis-
torting with regularity when they are asked to re-
construct and play back audio that appears to be
completely “legal” because not a single sample ac-
tualy clipped.
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Seven consumer CD playerswere subjected to tests
[Nielsen 2003] designed to analyze their ability to
reproduce and reconstruct signa levels above full
scale (0 dBFS). All of the players experienced dif-
ficultly dealing with signal levelsthis high, further
showing that, while all of the samples can belegal,
the level can still be hotter than islegal. The result
isthat aCD player can be unable to reproduce the
audio accurately. In some cases, the reconstruction
sounds “perfect” to the mastering engineer, be-
cause the engineer’ s equipment can actually repro-
duce the waveforms properly.

The Red Book format for CDs and the DV D specs
both allow for thisillegal content and the mastering
engineer is il allowed to put out rel eases that
meet the spec whileallowing consumers’ playersto
distort. With an oversampled peak meter, the engi-
neer will be ableto know that themusicisclipping,
by how much and where. With this knowledge the
engineer can then decide with complete informa-
tion whether or not to accommodate the legal range
of digital audio on a PCM sampled system.

The goal of MasterMeter isto allow an engineer to
use a DSP model of the reconstruction process to
monitor the reconstructed waveform for potential
clipping at the final mix and mastering stages. Us-
ing MasterMeter, engineers can compare regular
and intersampl e peaks over time and make appro-
priate adjustments without sacrificing overall level
or dynamic range. Utilizing an oversampled peak
meter in the digital audio studio that representsthe
reconstructionfiltersin digital to analog converters
isthe first step toward an improvement in audio
quality in music releases.
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Using MasterMeter

MasterMeter uses the DSP power of Pro Toolsto
model the conversion process found in typical con-
sumer devices. Intechnical terms, the MasterM eter
algorithm uses a 31-tap Blackman-Harris win-
dowed sync conversion with oversampling ratios
from 2x to 8x depending on the session samplerate.
The output of this DSP algorithm isthen displayed
visually. This assists engineers in highlighting po-
tential distortion which may beintroduced on play-
back of mixes, especially mixes which have been
processed to be particularly loud or “hot.”

MasterMeter can be used in two different ways
during asession: Real-Time Metering or Historical
Metering.

Real-Time Metering

MasterMeter can be used to monitor live signal lev-
els, evenif the Pro Toolstransport is stopped. This
can be useful in quickly determining the appropri-
ate level for mixing and mastering.

When used in real time, the timecode information
displayed in the browsers should be ignored.

Historical Metering

To gain an overdl picture of thelevelsin an entire
session, MasterMeter can be inserted on a Master
Fader track and the entire session played from be-
ginning to end. Thisistypically done during final
mix and mastering.

When session playback is complete, MasterMeter
showshistorical peak and event information for the
entiresession, aswell asahistorical list of eventsin
the browsersfor both signal clips and oversampled
clips. Y ou can then manually examine the relevant
parts of the session using the timecode listed in the
browsers to determine any appropriate corrective
actions.
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MasterMeter Controls and
Displays

MasterMeter Browsers

Signal Clip Events Browser

Signal Clip Events
Event Begin A |Event End Min Max

L 0:0:1.247 0:0:1.247 0.00db 0.00db
L 0:0:1.247 0:0:1.247 0.00 db 0.00db
R 0:0:2317 002317 0.00db 0.00db
R 0:0:2.317 002317 0.00 db 0.00 db
L 0.:0:2318 002318 0.00db 0.00db
L 0:0:2.320 0:0:2.320 0.00db 0.00db
R 0:0:2.322 0:0.2.322 0.00db 0.00db

| reak: 0.00db Events: 592

Signal Clip Events browser

The Signal Clip Events browser displays historical
clip events from the current session. The columns
displayed show the relevant timecode for the be-
ginning and ending of aclip event. When used in a
stereo track, the first column shows L or R to indi-
cateif theleft or right channel hasclipped. TheMin
and Max vauesin thisbrowser will alwaysbezero,
unlessthe Clip level isset below zero. The contents
of this browser can be sorted in ascending and de-
scending order by any column simply by clicking
on acolumn one or more times.

The timeinformation displayed in this browser is
relative to where the transport started. The Offset
field can be used to adjust the timecode values if
MasterMeter is being used for historical metering
but the session was started from a point other than
the beginning. If MasterMeter isbeing used inreal
time, the timecode information in this browser can
be ignored.

At the bottom of the browser, the Peak field dis-
plays the highest dB value of the audio signal re-
ceived so far. The Eventsfield showsthe historical
total of clip eventsin the audio signal. Once Mas-
terMeter reaches 2,000 clip events, it ceasesto re-
cord additional events. Although the metersremain
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active and the Peak field continues to be updated,
new events will not be added to the browsers. The
Eventsfield flashes “2000” to indicate this condi-
tion.

Theinformationinthisbrowser iscleared using the
Clear button, or is cleared automatically whenever
the Pro Toolstransport is started.

Oversampled Clip Events Browser

Oversampled Clp Events :
Event Begin & |Event End Min Max
L 0:0:1.247 0:0:1.247 0.01 db 0.01db
L 0:0:1.247 0:0:1.247 0.00db 0.00db
L 0:0:1.247 0:0:1.247 0.00db 0.02db
L 0:0:1.247 0:0:1.247 0.00db 0.05db
L 0:0:1.247 0:0:1.247 0.00db 0.04db
R 0:0:2.317 0:0:2.317 0.01db 0.03db
R 002317 0:0:2.37 0.00db 0.00db

[Pealt: 083 db Events: 1666 Oversampling: 8X

Oversampled Clip Events browser

The Oversampled Clip Events browser displays
historical clip events from the DSP oversampling
of the session audio. The amount of potential clip-
ping in excess of 0 dB is aso displayed.

The columnsdisplayed show the relevant timecode
for the beginning and ending of aclip event, aswell
as the minimum and maximum clip values created
after passing through the DSP processing. When
usedinastereo track, thefirst column showsL or R
toindicate if the left or right channel has clipped.
The contents of this browser can be sorted in as-
cending and descending order by any column sim-
ply by clicking on a column one or more times.

The time information displayed in this browser is
relative to where the transport started. The Offset
field can be used to adjust the timecode values if
MasterMeter is being used for historical metering
but the session was started from a point other than
the beginning. If MasterMeter isbeing used inreal
time, the timecode information in this column can
beignored.
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At the bottom of the browser, the Peak field dis-
plays the highest dB value of the oversampled au-
dioreceived so far. The Eventsfield showsthe his-
torical total of clip eventsin the oversampled audio
signal. Once MasterMeter reaches 2000 clip
events, it ceases to record additional events. Al-
though the meters remain active and the Peak field
continues to be updated, new events will not be
added to the browsers. The Events field flashes
2000’ to indicate this condition.

The Oversampling field displays the current over-
sampling factor in use by the DSP processing. This
will vary between 2x, 4x and 8x oversampling de-
pending on the session sample rate.

Theinformationinthisbrowser iscleared using the
Clear button, or is cleared automatically whenever
the Pro Toolstransport is started.

MasterMeter Meters
Signal Level Meters

The Signa Level meter shows the instantaneous
signal level of the current audio signal. The clip
light at the top of the meter can be cleared by click-
ing on it, or by using the Clear button.

Oversampled Level Meter

The Oversampled Level meter shows the instanta-
neoussignal level of thecurrent audio signal after it
has been oversampled. As the oversampling pro-
cess can create level sabove O dB, this meter shows
an expanded scale from —6 dB to 0 dB and from
0dB to +6 dB.

Theclip light at the top of the meter can be cleared
by clicking on it, or using the Clear
button.
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MasterMeter Clear Button

The Clear button clears al of the historical infor-
mation displayed in Signal Clip Events browser
and the Oversampled Clip Events browser. It also
click the clip lights at the top of the Signal Level
and Oversampled Level meters. Thisinformationis
also cleared when the Pro Tools transport is acti-
vated by pressing Play or Record.

MasterMeter Export Button

The Export button exports al of the information
displayed in the two browsers to the clipboard as
tab delimited text. It can then be pasted into any
text or spreadsheet application.

MasterMeter View Time Menu

The View Time menu lets you select theway in
which timing information is displayed, in either
minutes and seconds format, or in samples format.
This affects the timecode display in both the data
browsers and the Offset field.
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MasterMeter Offset Field

The Offset field offsetsthe val ues displayed in both
the browsers by the value entered. Thisisuseful for
historical metering but the session was started from
apoint other than the beginning. The Enter key
must be used after anew offset istyped for it to be-
come active. The information shown in the brows-
ersis updated immediately when the new Offset is
entered.

For example, if the session was started from the
point 1:03.901 (1 minute 3.901 seconds), thisvalue
should be entered into the Offset to ensure the time-
codedisplayed in both of the browsers matchesthat
of the Pro Tools session.

MasterMeter Clip Field

The Clip field can be used to set the clip threshold
at alower point. For example, if asession must not
exceed —10 dB, the Clip field can be set to —10 dB
and MasterMeter will treat that asthe clip threshold
for both signal and oversampled clip events. When
theClipfieldisset to anon-zero value, the Min and
Max values of the Signal Clip browser are used to
indicate the clip range.
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Chapter 59: Signal Generator

The Signal Generator plug-in produces audio test

tonesin avariety of frequencies, waveforms, and

amplitudes. It is particularly useful for generating
reference signals with which to calibrate audio in-
terfaces and other elements of your studio.

Signa Generator isamono (or multi-mono) plug-
inthat isavailablein DSP, Native, and AudioSuite
formats.

Signal Generator supports 44.1 kHz, 48 kHz,
88.2 kHz, 96 kHz, 176.4 kHz and 192 kHz sample
rates.

Prosat = Auto

T <hctorydefauie | T BYPASS
-+ © COMPARE SAFE | DEP

Signal Generator

Refer to the guide for your audio interface for
instructions on using Sgnal Generator to cal-
ibrate that interface.

Q Sgnal Generator produces a tone as soon as
itisinserted on a track. To mute the Signal
Generator, use the Bypass button.
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Signal Generator Controls

The Signal Generator plug-in provides the
following controls:

Frequency Setsthefrequency of thesignal in hertz.
Values range from alow of 20 Hz to a high of

20 kHz in a44.1 kHz session. The upper limit of
the frequency range for this setting will increase to
match the Nyquist frequency (half the sample rate)
in 96 kHz and 192 kHz sessions (HD-series sys-
tems only).

Level Setsthe amplitude of the signal in decibels.
Vaues range from alow of —95 dB to a high of
0.0 dB.

Signal These buttons sel ect the waveform. Choices
are sine, square, sawtooth, triangle, white noise,
and pink noise.

A The Sgnal Generator plug-inisnot
intended for rigoroustest purposes; it
isasimple level calibration tool.

Peak Generates signa at the maximum possible
level without clipping.

RMS Generates signal at levels consistent with the
RMS (Root-Mean-Square) value, or the effective
average level of the signal.
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AudioSuite Processing with
Signal Generator

To create an audio clip using the Signal Generator
plug-in:
1 Make aselection in the Edit window.

2 Choose AudioSuite > Signal Generator.

3 Enter valuesfor the Frequency, Level, and
Signal controls.

4 Click Render in the Signal Generator plug-in.

Q Select the Create Continuous File option for
~ greater flexibility in making audio selections
for use with the Sgnal Generator plug-in.

Q You can use the AudioSuite Signal Generator
"~ plug-infor musical purposes aswell as for
testing purposes. For example, you might
want to add a little color to a kick drumtrack
by doubling it with a 50 Hz tone, using the
kick track as the key input signal gating the
tone track.
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Chapter 60: SoundReplacer

SoundReplacer is an AudioSuite only plug-in de-
signed to replace audio elements such as drums,
percussion, and sound effectsin Pro Tools tracks
with alternate sounds. SoundReplacer can quickly
and intelligently match the timing and dynamics of
origina performance material, making it ideal for
both music and audio post production.

SoundReplacer features:

* Sound replacement with phase-accurate peak
alignment

« Intelligent tracking of sourceaudio dynamicsfor
matching the feel of the original performance

* Three separate amplitude zones per audio event
for triggering different replacement samples ac-
cording to performance dynamics

» Zoomable waveform display for precision
threshol d/amplitude zone adjustment

¢ Crossfading or hard-switching of replacement
audio in different amplitude zones for optimum
realism and flexibility

* Online help
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Audio Replacement
Techniques

Replacing audio elements during the course of are-
cording sessionisafairly common scenario. In mu-
sic production it isoften donein order to replace or
augment an element that lacks punch. In film or
video post-production it is typically done to im-
prove or vary aspecific sound cue or effect.

In the past, engineers and producers had to rely on
sampling audio delay linesor MIDI triggered audio
samplers—methods that had distinct disadvan-
tages. Delay lines, for example, support only asin-
gle replacement sample, and while they can track
the amplitude of the source events, the replacement
sample itself remains the same at different ampli-
tude levels.
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The result is static and unnatural. In addition to
these drawbacks, sample triggers are notoriously
difficult to set up for accurate timing.

Similarly, with MIDI triggered samplers, MIDI
timing and event triggering are inconsistent, result-
ing in problemswith phase and frequency response
when the original audio is mixed with the triggered
replacement sounds.

The SoundReplacer Solution

SoundReplacer solves these timing problems by
matching the original timing and dynamics of the
source audio while providing three separate ampli-
tude zones per audio event. This lets you trigger
different replacement samples according to perfor-
mance dynamics.

Each replacement sampleis assigned its own ad-
justable amplitude zone. Variations in amplitude
within the performance determine which sampleis
triggered at aspecific time. For example, you could
assign a soft snare hit to alow trigger threshold, a
standard snareto amedium trigger threshold, and a
rim shot snareto trigger only at the highest trigger
threshold.

Replacement samples that are triggered in rapid
succession or in close proximity to each other will
overlap naturally—avoiding the abrupt sound trun-
cation that occurs on many samplers.

In addition to its usefulness in music projects,
SoundReplacer is also an extremely powerful tool
for sound design and post production. Morphing
gun shots, changing door slams, or adding a Dop-
pler effect can now be accomplished in seconds
rather than minutes—with sample-level precision.

Replacement audio events can be written to a new
audio track, or mixed and re-written to the source
audio track. Sample thresholds can be amplitude-
switched between the replacement samples, or am-
plitude crossfaded for seamless transitions.
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SoundReplacer Controls

SoundReplacer Waveform
Display

The waveform display shows the audio that you
have sel ected for replacement. When you select au-
dio on the source track, then open Sound-
Replacer, the audio waveform will automatically
be displayed here.

Waveform display with trigger markers shown

Oncetheaudio selection isdisplayed, you can load
replacement samples and adjust their trigger
thresholds while viewing the waveform peaks.
Trigger markersthen appear in the waveform, indi-
cating the points at which the samples will be trig-
gered.

The color of each marker indicates which thresh-
old/replacement samplewill betriggered. The blue
Trigger Envelope shows the waveform slope that
determinesthetrigger points. The Zoomer letsyou
increase or decrease waveform magnification here
to help accurately set trigger thresholds.

If you change the audio selection on the source
track, SoundReplacer automatically updates the
waveform display each time you make anew selec-
tion or begin playback.
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SoundReplacerTrigger
Threshold

Threshold controls

The color-coded Trigger Threshold sliders set ato-
tal of three amplitude zones (one for each replace-
ment audio file) for triggering replacement sam-
ples:

¢ Theyellow slider represents amplitude zone 1,
the lowest-level trigger.

e Thered dider represents amplitude zone 2, the
middle-level trigger.

 The blue slider represents amplitude zone 3, the
highest-level trigger.

With areplacement sample loaded, drag the
Threshold slider to set the amplitude level. Color-
coded trigger markerswill appear inthe Waveform
a pointswhere the source audio signal exceedsthe
threshold set for that amplitude zone. The replace-
ment sample will be triggered at these points.

The color of the Trigger markers correspond to the
matching Threshold slider. Thisletsyou see a a
glance which replacement samples will be trig-
gered and where they will be triggered.

Q If you zoom the waveform display below a
" specific Trigger Threshold slider’ samplitude
zone, the slider will be temporarily unavail-
able. To access the slider again, zoom back
out to an appropriate magnification level.
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SoundReplacer Load/Unload
Sound Buttons

Load/Unload Sound

Clicking the Load/Unload Sound iconsloads or un-
loads replacement samples for each of the three
trigger threshold amplitude zones. Clicking the
Floppy Disk icon loads a new sample (or replaces
the current sample). Clicking the Trash Canicon
unloads the current sample.

Q SoundReplacer lets you choose whether or
~ not to use sample rate conversion before
loading replacement samplesif they are at a
different sample rate from the session.

To audition areplacement sample beforeloading it
into SoundReplacer, use the Import Audio com-
mand in Pro Tools. Once you have located and pre-
viewed an audio file, you can then load it into
SoundReplacer using the Load/Unload Sound
icons.

A SoundReplacer does not load clipsthat are
part of larger audio files. Touseaclipasa
replacement sample, you must first saveit as
an individual audio file.
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SoundReplacer Zoomer

Zoomer

The Zoomer increases or decreases magnification
of the waveform data currently visiblein the center
of the waveform display so that you can more accu-
rately set sample trigger thresholds.

e To zoom in on amplitude, click the Up Arrow.

» To zoom out on amplitude, click the
Down Arrow.

» To zoom in on time, click the Right Arrow.
» To zoom out on time, click the Left Arrow.

A If you zoom the waveform display below a
specific Threshold slider’s amplitude zone,
theslider will betemporarily unavailable. To
access the dider again, zoom back out to an
appropriate magnification level.

SoundReplacer Crossfade

When Crossfade is selected, SoundReplacer cross-
fades between replacement audio filesin different
amplitude zones. This helps smooth the transition
between them.

When Crossfadeisdesel ected, SoundReplacer hard
switches between replacement audio filesin differ-
ent amplitude zones.

Crossfading is particularly useful for adding a
sense of realism to drum replacement. Crossfading
between a straight snare hit and a rim shot, for ex-
ample, resultsin amuch more “live” feel than sim-
ply hard switching between the two samples.
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SoundReplacer Peak Align

When Peak Align ison, SoundReplacer alignsthe
peak of the replacement file with the peak of the
source filein away that best maintains phase co-
herency. When Peak Align is off,

SoundReplacer aligns the beginning of the replace-
ment file with the trigger threshold point.

Depending on the characteristics of your source

and replacement audio files, using Peak Align can
significantly affect thetiming of audio eventsinthe
replacement file. It is essential that you choose the
option most appropriate to the material that you are

replacing.

For more information on using Peak
Align, see“ Getting Optimum Results with
SoundReplacer” on page 362.

SoundReplacer Mix

Mix adjusts the mix of the replacement audio file
withtheoriginal sourcefile. Higher percentageval-
ues weight the mix toward the replacement audio.
Lower percentage values weight the mix toward
the original source audio.

The Mix button togglesthe Mix control on and off.
When Mix istoggled off, the balance isinstantly
set to 100% replacement audio.

Q Setting Mix to 50% and clicking Preview lets
“you audition source audio and replacement
audio together to check the accuracy of re-
placement triggering timing.
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SoundReplacer Dynamics

Dynamics controls how closely the audio eventsin
the replacement file track the dynamics of the
sourcefile:

+ Setting theratio to 1.00 matchesthe dynamics of
the sourcefile.

+ Increasing the ratio above 1.00 expands the dy-
namic range so that softer hitsare softer, and louder
hitsare louder. Thisis useful if the source material
lacks variation in its dynamic range.

+ Decreasing the ratio below 1.00 compressesthe
dynamic range so that there is less variation be-
tween loud and soft hits. Thisis useful if the dy-
namics of the source material are too extreme.

The Dynamics button provides a quick means of
toggling on and off the Dynamics control. When
Dynamicsistoggled off, SoundReplacer will not
track changesin the source audio file’' s dynamics.
Audio eventsin the resulting replacement audio
filewill uniformly be at the amplitude of the re-
placement samplesthemselves, with no variationin
dynamics.

SoundReplacer Online Help

To use online help, hold the pointer over any
control and an explanation will appear.

Using SoundReplacer

Following are basic guidelines for using
SoundReplacer effectively. Also see “Getting Op-
timum Results with SoundReplacer” on page 362.

To use SoundReplacer:

1 Onthesourcetrack, select the audio you want to
replace. Only selected audio will be replaced.

2 Choose SoundReplacer from the AudioSuite
menu.
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3 Click the Load Sound icon (theicon beneath the
yellow slider) to import the replacement sound
for amplitude zone 1.

4 Locate an audio file and click Open.
5 Adjust the amplitude zone dlider.

6 Repeat steps 3-5 to load replacement sounds
into amplitude zones 2 and 3.

Q If you use only a single replacement sample,
" you should still set all three amplitude zones
for optimum results. Thiswill ensure accu-
rate triggering. For details, See “ Mapping
The Same Sample Into Multiple Amplitude
Zones with SoundReplacer” on page 363.

7 To aign the amplitude peak in the replacement
file(s) to threshold trigger markersin the source
audio, enable Peak Align.

8 Click Preview to audition thereplacement audio.

9 Adjust the Threshold slidersto fine tune audio
replacement triggering.

10 Adjust the Dynamics slider to fine tune how
SoundReplacer tracks and matches changesin
the source audio’s dynamics.

11 Adjust the Mix slider to set the balance between
replacement audio and source audio.

12 Adjust the AudioSuite File controls. These set-
tingswill determine how thefileisrendered and
what effect the rendering will have on the origi-
nal clips.

13 Render the selected clip by doing one of the fol-
lowing:

 Torender the selected clip only in thetrack in
which it appears, choose Playlist from the Selec-
tion Reference pop-up.

« Torender the selected clipin the Audio Clip List

only, choose Clip List from the Selection Refer-
ence pop-up.
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14 Determine which occurrences of the selected
clip you want to render by doing one of the fol-
lowing:

« Torender and update every occurrence of the se-
lected clip throughout your session, enable Use
In Playlist (and also choose Clip List from the Se-
lection Reference pop-up).

« If you do not want to update every occurrence of
the selected clip, disable Use In Playlist.

15 If you have selected multiple clipsfor rendering
and want to create a new file that connects and
consolidates all of these clips together, choose
Create Continuous File from the File mode pop-
up menu.

A\ Because SoundReplacer does not allow
destructive rendering, the AudioSuite
Overwrite Files option is not available.

16 From the Destination Track pop-up, choose the
destination for the replacement audio.

17 Click Render.
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Getting Optimum Results
with SoundReplacer

Getting optimum results with SoundReplacer gen-
erally means making sure that the audio eventsin

the replacement audio file have accurate timing in
relation to the source audio. The techniques given
here help ensure this.

Using Peak Align in
SoundReplacer

Proper use of the Peak Align feature can signifi-
cantly improve the results of sound replacement.
Since turning Peak Align on or off controls how
SoundReplacer aligns the replacement audio with
the source audio, it will significantly affect the tim-
ing of audio eventsin the replacement file.

In general:

o TurnonPeak Alignif you are replacing drum or
percussion sounds whose peak level occurs at the
initial attack.

« Turn off Peak Alignif you are replacing sounds
whose peak level occurs somewhere after the ini-
tial attack. Peak Align should aso be turned off if
the sounds you are replacing are not drum or per-
cussion sounds.
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To illustrate why Peak Align makes a difference,
look at the following two illustrations.

A fast-peaking kick drum

A slower-peaking kick drum

The first figure shows a fast-peaking kick drum
whose peak level occurs at itsinitial attack.

The second figure shows a slower-peaking kick
drum whose peak level occurs after itsinitial at-
tack.

If you turn on Peak Align and attempt to replace the
fast-peaking kick with the slow-peaking kick (or
vice-versa), SoundReplacer will aign their
peaks—which occur at different pointsin the
sound. The audibleresult would bethat the replace-
ment audio file (slow-peaking kick) would trigger
too early.

Mapping The Same Sample Into
Multiple Amplitude Zones with
SoundReplacer

If you are performing drum replacement and intend
to usejust asingle replacement sample, mapping it
into multiple amplitude zones will ensure more ac-
curate triggering. Hereiswhy:

Chapter 60: SoundReplacer

Imagine that you are replacing akick drum part. If
you look at the waveform of akick drum, you will
often see a“ pre-hit” portion of the sound that oc-
curs as soon as the ball of the kick pedal hits the
drum. Thisisrapidly followed by the denser attack
portion of the sound, where most of sound’ sweight
is.

A kick drum with a pre-hit preceding a denser attack

With asound like this, using a single amplitude
threshold presents a problem because typically, in
pop music, kick drum parts consist of loud accent
hits and softer off-besat hits that are often 6 dB or
more lower in level.

If you use a single amplitude threshold to trigger
the replacement sample, you have to set the thresh-
old low enough to trigger at the soft hits. The prob-
lem occursat theloud hits: Thethreshold isnow set
so low that the pre-hit portion of the loud hits can
exceed the threshold—triggering the replacement
sample too early. Thisresultsin areplacement
track with faulty timing.

] L
A single low threshold causes the second, louder kick
to trigger too early, as evidenced by the trigger marker
at the very start of the waveform.
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The best way to avoid this problem isto set multi-
ple threshold zones for the same sample using a
higher threshold for the louder hit. Soft hits will
trigger threshold 1 and louder hits will trigger
threshold 2.

L] [»
Using a second, higher threshold for the louder kick will

make it trigger properly, as shown by the now properly-

aligned trigger marker.

To set the precise threshold for louder hits, you
may need to zoom in carefully to examine the
waveform for trigger points (indicated by color-
coded trigger markers) and then Command-drag
the Threshold slider for more precise adjustment.

If thereisagreat deal of variation in the dynamics
of the source audio, you may need to use al three
Trigger Thresholds/Amplitude Zones for optimum
results.

Q If only one replacement sampleis|oaded into
~  SoundReplacer and it isloaded into Trigger
threshold/amplitude zone 1 (yellow), Soun-
dReplacer will let you use the red and blue
Trigger Threshold sliders to set Amplitude
Zones 2 and 3—without having to load the
same sample again.
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Using the Audio Files Folder
for Frequently Used
SoundReplacer Files

If you often use the same settings and replacement
sounds in different sessions, Sound-

Replacer provides a convenient way to keep there-
placement audio files and settings linked together.

When you choose a preset from the Plug-1n Librar-
ian menu, SoundReplacer |ooks for the replace-
ment audio files associated with that preset. Sound-
Replacer first looksin the audio file' soriginal hard
disk location (at the time you saved the setting).

If it is not there, SoundReplacer looksin afolder
named Audio Files within SoundReplacer’ s Root
Plug-In Settings folder (Plug-In Settings/Sound-

Replacer/Audio Files).

If SoundReplacer finds the replacement audio file
there, the Settingsfile will load with the associated
audio.

By always putting replacement audio filesin this
special folder, you can freely exchange Sound-Re-
placer settings—and the audio files associated with
them—uwith other users.

A\ Do not create subfolders within
SoundReplacer’s Audio Files folder.
Files located within subfolders are
not recognized.
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Chapter 61: Time

Compression/Expansion

Time Compression/Expansion is an AudioSuite-
only time-processing plug-in. The Time Compres-
sion/Expansion plug-in adjusts the duration of se-
lected clips, increasing or decreasing their length
without changing pitch.

Selection Preset
TimeComprasionExpansin <factory default> ]
creats continuous fils - + & [EOMPARE

multi-Input mode

SDURCE DESTINATION

SAMPLES

LENGTH

TIME COMPRESSION START / END
TEMPO

BARS: BEATS. TICKS

TIME SIGNATURE

RATIO

CROSSFADE
T

MIN PITCH

ACCURACY
T

RHYTHM

COMPRESSION / EXPANSION

Time Compression/Expansion plug-in

It is especialy useful in audio post production for
adjusting audio to specific time or SMPTE dura-
tions for synchronization purposes. Time Com-
pression/Expansion is nondestructive.

Q Normalizing a selection before using Time
Compressing/Expansion may produce better
results.

Time Compression/
Expansion Controls

The Time Compression/Expansion plug-in
provides the following controls:

Source and Destination The Sourcefieldsdisplay
the length of the current selection before process-

ing in each of the listed formats. All fields are al-

ways active; a change made to one valueisimme-
diately reflected in the others.

The Destination fields both display and control the
final length of the selection after processing. Enter
the length of the Destination file by double-click-

ing the appropriate field in the Destination column.

Usethe Ratio, Crossfade, Min Pitch, and Accuracy
controls to fine-tune the Time Compression/Ex-
pansion process.

Ratio Sets the destination length in relation to the
source length. Moving the slider to theright in-
creases the length of the destination file, while
moving the slider to the left decreases its length.

Crossfade Adjusts the crossfade length in milli-
seconds, optimizing performance of the Time
Compression/Expansion according to the type of
audio material being processed. (This plug-in
achieveslength modification by replicating or sub-
tracting very small portions of audio material and
very quickly crossfading between these alterations
in the waveform of the audio material.)

Chapter 61: Time Compression/Expansion
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Crossfade length affects the amount of smoothing
performed on audio material. This prevents audio
artifacts such asclicksfrom occurring. Long cross-
fade times may over-smooth asignal and itstran-
sients. This may not be desirable on drums and
other material with sharp transients.

Use the Crossfade dlider to manually adjust and
optimize crossfade times if necessary. For audio
material with sharper attack transients, use smaller
crossfade times. For audio material with softer at-
tack transients, use longer crossfade times.

Min Pitch Sets the minimum, or lowest, pitch that
will be used inthe plug-in’ scal culationsduring the
Time Compression/Expansion process. The con-
trol has arange of 40 Hz to 1000 Hz.

This control should be set lower when processing
bass guitar or audio material with alow frequency
range. Set this control higher when processing
higher frequency range audio material.
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Accuracy Prioritizes the processing resources al-
located to audio quality (Sound) or timing
(Rhythm). Moving the slider towards “ Sound”
generally resultsin better sonic quality and fewer
audio artifacts. Moving the dlider towards
“Rhythm” putsthe emphasis on keeping the tempo
consistent.

When you are working with audio loops, listen
carefully and adjust the Accuracy slider until you
find a setting that keeps timing solid within the
clip. If you don’t, start and end times may be pre-
cise, but the beatsin rhythmic material may appear
to be shuffled if too little priority is given to
Rhythm.



Chapter 62: Trim

Trimisamono (or multi-mono) plug-in that is
available in DSP and Native formats.

Trim supports 44.1 kHz, 48 kHz, 88.2 kHz,
96 kHz, 176.4 kHz and 192 kHz sample rates.

Use Trim to attenuate an audio signal from —o
(Infinity) dB to +6 dB or —o (Infinity) dB to

+12 dB. For example, using a multi-mono Trim
plug-in on a multi-channel track provides smple,
DSP-efficient muting control over the individual
channels of the track.

This capability is useful, since Track Mute buttons
mute all channels of a multi-channel track and do
not allow muting of individual channelswithin the
track.

(¥ Alt-click (Windows) or Option-click (Mac)
the Trim selector to open a plug-in window
for each channel of a multi-channel track.
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Trim Controls

The Trim plug-in provides the following
controls:

Phase Invert Inverts the phase (polarity) of thein-
put signal to change the frequency response charac-
teristics between multi-miked sources or to correct
for miswired microphone cables.

Gain Provides—o dB to +6 dB or +12 dB of gain
adjustment, depending whether the Gain toggle is
set to +6 or +12.

+6/+12 Gain Toggle Switches the maximum level
of attenuation between —o dB to +6 dB and —o dB
to+12 dB.

A Automation data adjusts to reflect the cur-
rent Gain setting. When working with au-
tomation data froman older version of the
Trimplug-in, ensurethe Gain setting is set
at +6 dB.

Output Meter Indicates the output level, including
any gain compensation added using the Gain con-
trol.

Mute Mutes the signal output.
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Chapter 63: Other AudioSuite Plug-In Utilities

Thefollowing AudioSuite-only utility plug-insare
installed when you install Pro Toals:

» DC Offset Removal
 Duplicate

» Gain

* Invert

* Normalize

* Reverse

Chapter 63: Other AudioSuite Plug-In Utilities

DC Offset Removal

The DC Offset Removal plug-in removes DC off-

set from audio files. DC offset isatype of audio ar-
tifact (typically caused by miscalibrated analog-to-
digital converters) that can cause popsand clicksin
edited material.

To check for DC offset, find asilent section in the
audio material. If DC offset is present, anear-verti-
cal fade-in with a constant or steady-state offset
from zero will appear inthewaveform. Usethe DC
Offset Removal plug-in to removeit.

Audio5uite

DC Offset Removal

To remove DC offset from an audio clip:

1 Select the clip with DC offset.

2 Choose AudioSuite > Other > DC Offset
Removal.

3 Ensurethat Use In Playlist is enabled.

4 Click Render.
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Duplicate

The Duplicate plug-in duplicatesthe sel ected audio
in place. Depending on how its controls are config-
ured, the new clip will appear in either the Clip List
or playlist. You can use thisto flatten or consoli-
date an entiretrack consisting of multipleclipsinto
one continuous audio file that resides in the same
place as the original individual clips.

AudioSuite

‘Selection
Duplicats
crasis continuous flle

Duplicate

The audio is unaffected by Pro Tools volume or
pan automation, or by any real-time plug-ins that
may be in use on the track asinserts. The original
audio file clips are merely rewritten in placeto a
single duplicatefile.

The Duplicate plug-in works nondestructively.
Y ou cannot choose to overwrite files.

To duplicate an audio selection:

1 Select the audio you want to duplicate.
2 Choose AudioSuite > Other > Duplicate.
3 Ensurethat Use In Playlist is enabled.

4 Click Render.
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Gain

The Gain plug-in boosts or lowers aselected clip’s
amplitude by a specific amount. Useit to smooth
out undesired peaks and other dynamic inconsis-
tenciesin audio material.

8.0, AudioSuite

0.0dB

RESULT

Gain

Gain Specifies the gain amount. Set this value by
manually adjusting the Gain slider, by entering a
numeric decibel value, or by entering a percentage.

Analyze When clicked, displays the peak
amplitude value of the current selection.

RMS/Peak Toggle Switches the calibration of gain
adjustment between Peak or RM'S modes. Peak
mode adjusts the gain of the input signal to the
maximum possible level without clipping. RMS
mode adjusts the input signal to alevel consistent
with the RM S (Root-M ean-Square) value, or the
effective average level of the selected clip.

To change the gain of an audio clip:

1 Select the clip whose gain you want to change.
2 Choose AudioSuite > Other > Gain.

3 Adjust the Gain dider.

4 Click Preview to audition your changes.

5 Ensurethat Use In Playlist is enabled.

6 Click Render.
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Invert

The Invert plug-in reverses the polarity of selected
audio. Positive sample amplitude values are made
negative, and al negative amplitudes are made pos-
itive.

This processis useful for altering the phase or po-
larity relationship of tracks. The Invert plug-inis
useful during mixing for modifying frequency re-
sponse between source tracks recorded with multi-
ple microphones. Y ou can also use it to correct au-
dio recorded out of phase with anincorrectly wired
cable.

Audio5uite

Invert

To invert the phase an audio clip (or selection):

1 Select the clip whose phase you want to invert.
2 Choose AudioSuite > Other > Invert.
3 Ensurethat Use In Playlist is enabled.

4 Click Render.
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Normalize

The Normalize plug-in optimizes the volume level
of an audio selection. Use it on material recorded
with too little amplitude, or on material whose vol-
umelevelsareinconsistent (asin apoorly recorded
narration).

Unlike compression and limiting, which modify
the dynamics of audio material, normalization pre-
serves dynamics by uniformly increasing (or de-
creasing) amplitude.

y To prevent clipping during sample rate
conversion, Normalize in Peak mode to no
greater than the range between —2 dB to
—0.5 dB. Optimum settings will vary with
your program material and your Conversion
Quality setting (in the Editing tab of the Pref-
erences dialog). Observe caution when nor-
malizing in RMS mode, as that mode of
analysis does not account for instantaneous
peaks.

8.0 AudioSuite
Salaction

Normalize
create continuous flle

mult-Input mode

LEVEL

NORMALIZE

Normalize

Level

Specifies how close to maximum level (clipping
threshold) the peak level of aselection is boosted.
Set this value by adjusting the Max Peak At slider,
by entering anumeric decibel value below the clip-
ping threshold, or by entering a percentage of the
clipping threshold.
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Channel Mode

When processing a selection that spans across mul-
tiple channels or tracks, the Normalize plug-in has
two modes of operation:

Mono Normalizes each channel independently.

Multi-Input Normalizes program material acrossall
selected channels together, so that the channelsare
processed relative to each other.

Peak/RMS Toggle

Switches the calibration of normalizing between
Peak or RM'S modes:

Peak Normalizes the input signal at the maximum
possible level without clipping.

RMS Normalizes the input signal at alevel consis-
tent with the RM S (Root-M ean-Square) value, or
the effective average level of the selected clip.

Normalizing Multiple Clips

When multiple clips are selected, the Normalize
plug-in can search for peaks in two different
modes:

Clip by Clip Searches for the peak level on aclip-
by-clip basis.

Entire Selection Searches for the peak level of al
clipsin the selection.

To normalize an audio clip (or selection):

1 Select the audio you want to normalize.
2 Choose AudioSuite > Other > Normalize.
3 Adjust the Level slider.

4 Ensurethat Use In Playlist is enabled.

5 Click Render.”
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Reverse

The Reverse plug-in replaces the audio with are-
versed version of the selection. Thisis useful for
creating reverse envelope effects for foley, special
effects, or musical effects.

AudioSuite

Reverse

To reverse an audio clip (or selection):

1 Select the clip you want to reverse.
2 Choose AudioSuite > Other > Reverse.
3 Ensurethat Use In Playlist is enabled.

4 Click Render.
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Noise parameter 222
presets 223
Speed control 221
synchronizing to session tempo 223
Treble control 222
Wow Speed parameter 222
Wow/Flutter control 222
Reel Tape Flanger plug-in 238
Feedback control 240
Invert parameter 240
LFO Depth control 240
LFO Rate control 240
Mix control 240
Noise parameter 241
presets 242
Range control 239
synchronizing to session tempo 241
Wow/Flutter control 240
Reel Tape plug-ins 238
Drive control 221, 239, 308
Output control 221, 239, 308
Tape Formula control 221, 239, 309
Tape Machine control 221, 239, 308
Reel Tape Saturation plug-in 308
Bias control 309
Cal Adjust control 309
Noise control 309
presets 310
removing plug-ins 8
reverb
D-Verb 166
Reverb One 169
ReVibe Il 178
Space 192
reverb (about) 194, 195
Reverb One plug-in 169
100% Wet control 171
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acoustic environments 170
anechoic chamber 170
Attack control 172
Band Breakpoints 175
Chorus controls 172
clipping indicator 177
Crossover sliders 176
Decay Ratio control 172
Delay Master control 174
Depth control 172
Diffusion control 173
Dynamics controls 171
early reflections 170

Early Reflect On 174

Early Reflection control 173

ER (early reflection) button 176

ER Settings control 174
presets 174
simulating 173
Frequency control 175
HF Cut control 175
HF Damp control 176
input level meters 177
late reverberation 170
Level control 172, 174
Master Mix controls 171
meters
clipping indicator 177
input 177
output 177
Output Level meters 177
Pre-delay 170
presets 173
Rate control 172
RC (reverb contour) button 176
reverb character 170
reverb graphs
editing 175
Reverb Color 176
Reverb Contour 176
Reverb EQ 175
simulating early reflections 173
Size control 173
Spread control 173, 174
Stereo Width control 171
Threshold control 172
Time control 172
tool tips 177
Wet/Dry control 171
Reverse plug-in 371
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ReVibe Il plug-in 178

100% Dry Mix button 185

100% Wet Mix button 185

Attack Shape control 182

Attack Time control 182

bipolar controls 9

Center control 184

Chorus On button 185

Chorus section 185

clip indicator 180

Color graph display 186
Coloration control 183

Contour display 187

Depth control 185

Diffusion control 182

Early Reflection Level control 183
Early Reflection Pre-Delay control 183
Early Reflection section 182

Early Reflection Spread control 183
Early Reflections button 187
Early Reflections On button 183
EQ graph display 186

Front button 188

Front control 184

High Frequency Color control 184
High Frequency control 186

High Frequency Crossover 187
High Frequency Ratio 187

High Frequency Rear Cut control 186
High Gain control 186

Input control 184

Input/Output meter 180

Level control 181

Levels section 184

Low Frequency Color control 184
Low Frequency control 186

Low Frequency Crossover 187
Low Frequency Ratio 187

Low Gain control 186

Mix section 185

Next and Previous Room Type buttons 181

Pre-Delay control (reverb tail) 182
Pre-Delay Link button 183

Rate control 185

Rear button 188

Rear ER control 184

Rear Level Link button 184

Rear Reverb control 184

Rear Shape control 182

Reverb Contour button 187
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Reverb section 181 Envelope Follower 244

reverb tail controls 181 Freak Mod 244
Reverb tail type 181 Input Level 243
Reverb Type 180 LFO (Low Frequency Oscillator) 244
Reverb Type menu 181 Mod Amount/Mod Rate control 245
Room Coloration section 183 Mod Slewing control 244
Room Type 180 Modulation Type control 244
Room Type Category menu 181 Output Meter 245
Room Type Name menu 181 Resonator— 244
Size control 181 Resonator+ 244
Spread control 182 Ring Mod control 243
Stereo Width control 185 ring modulation 243
supported channel formats 178 Sample+Hold control 244
Time control 181 Slewing 244
Wet/Dry control 185 triangle wave 244

ReWire plug-in Trigger and Hold 245
and voices 334 side-chain processing 41, 43, 53, 70, 84, 87, 104, 114
automating input switching 339 Signal Generator plug-in 355
client applications 332 Frequency control 355
looping playback 339 Level control 355
meter changes 338 pink noise 355
MIDI automation 336 Signal control 355
MIDI continuous controller (CC) data 336, 338 white noise 355
MIDI Output selector 336 Smack! plug-in 137
quitting client applications 338 adjusting input 138
recording MIDI over 337 Attack control 139
requirements 334 band emphasis 140
signal flow for audio and MIDI 333 clip indicator 141, 142
software synthesizer 332 compression modes 138
tempo sync 338 Distortion control 141
track count 334 hard limiting ratio setting 139
using with Pro Tools 335 high-pass detector 140

high-pass filter 141
S Input meter 142

SansAmp PSA-1 plug-in 311 key input 142

amp simulation 311 Igvg_l 137

buzz 312 limiting 139

cabinet simulation 311 Meter Mode button 141
crunch 312 Norm mode 138

Opto mode 138

output gain 139

Output meter 142

Ratio control 139

reducing waveform distortion 138

distortion 312
equalization 311
harmonic generation 311
lo-fi textures 311

punch 312

tube sounds 311 Release control 139

unity 312 Side-Chain EQ control 140
wah 312 side-chain frequency filters 140

side-chain processing 142
threshold and ratio 139
unity gain 138

Sci-Fi plug-in 243
Effect Amount control 244
Effect Frequency control 244
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VU meter 141

SoundReplacer plug-in 357

Crossfade control 360
Dynamics controls 361
Load/Unload Sound icons 359
MIDI-triggered samplers 358
Mix control 360

Online Help 361

Peak Align control 360
Trigger envelope 358
Trigger markers 358

Trigger Threshold 359
waveform display 358
Zoomer 358, 360

Space plug-in 192

clip indicator 205

Control group selector 209
convolution reverb 195
Decay controls 212

Delay controls 209

Early Reflection controls 210
EQ controls 211

impulse computer 196
impulse response (IR) 198
installing IR packages 207
IR browser 206, 207

IR channel compatibility 200
IR channel formats 199

IR filename conventions 199
IR formats 198

IR library 213

IR Name 203

Level controls 209

Meters display 205

Online IR Library 207
Picture Preview mode 204
Preferences mode 205
presets 201, 212

primary controls 208

Quick browser 203
Snapshot menu 203
Snapshot mode 204
snapshots 201, 212

system design 196
Waveform mode 203

tuna can 224

Time Compression/Expansion plug-in 365

Accuracy control 366

Crossfade control 365

destination fields 365

Minimum Pitch control 366

Ratio control 365

Source and Destination controls 365

Time Shift plug-in 148

Audio Gain control 149
Audio Mode pop-up menu 149
Audio Range pop-up menu 149
Audio section 149

changing pitch 154

changing time 154

changing time and pitch 154
Clip indicator 149

Decay Rate 152

displays and controls 148
Follow button 151

Formant section 151

Input modes 153

Level indicator 150
Monophonic mode 149
Original time 150

Pitch section 152

Pitch Shift 152

Polyphonic mode 149

post production workflow 155
Processed time 150

pull up/pull down TCE percentages 155
Rhythmic mode 149

Speed 150

Tempo displays 150
Threshold control 152

Time section 150

timebase 150

Transient section 151
Transpose 152

Unit pop-up menu 150
Varispeed mode 149
Window 152

TimeAdjuster plug-in 226

DSP delay compensation 227, 228
phase cancellation 227
Phase Invert button 226

T Trim plug-in 367

TCE Trim tool 153
Tel-Ray Variable Delay plug-in 224
Electronic Memory Unit 224
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variable-mu 75
Vari-Fi plug-in 156
Fades controls 157
Selection controls 156
Slow Down control 156
Speed Up control 156
vinyl mastering 77
Voce plug-ins
Voce Chorus/Vibrato 246, 247
Voce Spin 247
Rotor Balance 248
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X-Form plug-in 158

2x, 4x, and 8x Range buttons 160
Audio section 158

Audio Type pop-up menu 159
AudioSuite Input 162

AudioSuite Preview 162
AudioSuite processing preferences 162
Clip indicator 159

Formant Shift control 161

Gain control 159

Level indicator 159

Monophonic mode 159

Original time 159

Pitch section 158, 161

Pitch Shift control 161

pitch shifting a selection 163

Poly (Faster) mode 159
Polyphonic mode 159
post-production workflow 164
Processed time 159

processing audio 163

pull up/pull down TCE percentages 164
Sensitivity control 160

TCE Trim tool 162

Tempo (original and processed) 159
Time section 158, 159

Time Shift control 160

time shifting a selection 163
Transient section 158, 160
Transpose control 161

Unit timebase selector 159
Window control 161

z (Eleven input impedance) 269
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