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BECOME A MASTER OF AUDIO

This best—selling book has shown thousands of mixin

g and mastering engineers,

musicians, A&R, and producers how to create great sound. It fully integrates

the technical and artistic aspects of mastering and contains new and critical

information for pro fessionals

and students. Don’t leave for the studio without it!

WHAT IS MASTERING?

Mastering is the last creative step when producing a
record album or single for disc, home music server,
iPod™, broadcast or internet delivery. Bob Katz
unravels the technical mysteries that challenge
audio engineers daily —in an easy-to-grasp, holistic
manner. Learn new and powerful artistic techniques
for stereo and surround sound. To master audio you

e Sequencing, leveling, and processing e PQ coding
and master preparation e How to make a master
radio- and Internet-ready e Mixing vs. mastering

¢ Advanced compression and equalization techniques
for all styles of music ® New insights on high sample
rates e Jitter, clocking e Dither, wordlengths

e Loudness management ® Room calibration,

“acoustics @ Equipment interconnection @ More!

must become a master of audio!

®®Bob Katz's well thought out book on mastering is a
welcome addition to anyone that works in the production

of music and who wants to understand all aspects of

called my:
s enough in

erious stage of music production...
rmation for filling in gaps that
even seasoned mastering engineers might have. 99

BERNIE CRUNDMAN. BERNIE GRUNDMAN MASTERING

HOLLYWOOD. CA

®Bob is a master of the technology changeover from
analog to digital. His book covers areas that no others
have touched. 29 GEORGE MASSENBURG. PRODUCER/ENGINEER
MONTREAL, CANADA

€ An excellent reference for anyone interested in CD
Mastering. I don’t know of another single source with as
much (hlullul information on the mastering process.
Even industry veterans are guaranteed to pick up some-
thing they hadn't known or were unsure of. 29

TED JENSEN, CHIEF ENGINEER, STERLING SOUND. NEW YORK CITY

formal classes. 99

® When 1 first picked up this book. I couldn’t put it
down unlll I'had read it all! This book should be required
' for all audio pro 1

udio owner and eng

Even more so with the third edition’s
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chapters on loudness measurement, normalization, and
much more! 99
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MIKE COLLINS, COMPOSER. AUTHOR

®® The first piece of equipment [you] should buy

is Bob Katz’s Mastering Audio: The Art and the
Science. 99 ROGER NICHOLS. ROGER NICHOLS MASTERING

MIAMI
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In addition to updated techniques, this new
edition is organized with a "how to™ section for beginners

followed by a ('ompwlwnsiw reference section to explain

the many “whys.” This will make a superior textbook for
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format appeal
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rfl(’h en Bob talks, engineers listen; the third edition

of Mastering Audio will be a must-read. 99
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DEDICATION

This book is dedicated to Mary Kent, my best friend (and wife) since 1984, without
whose love and support [ would be absolutely nowhere today!

I also dedicate this book to those mastering engineers whose work I especially
admire: Bernie Grundman, Ted Jensen, Bob Ludwig, Glenn Meadows, Bob Olhsson, and
Doug Sax. Your fine work has brought great pleasure into my life through the records

you have mastered.

Next, I dedicate this third edition to the upcoming generation of audio engineers...
You are about to enter an exciting new world, a revolution which has just begun.

—B. K.
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“Bob Katz was one of the first engineers to record music with higher definition than the CD’s 16 bits, helped
reawaken the world of audio engineering to the sonic beauty and honesty of recording with purist microphone
techniques, and has been a leading voice for recordings preserving musical value in the “Loudness Wars.” When
Bob talks, engineers listen; the third Edition of Mastering Audio will be a must-read.”

John Atkinson, Editor, Stereophile Magazine, Audio Producer, Engineer, Author, www.stereophile.com

“My experiences with Bob’s mastering have been very special. | cannot imagine or consider my project done with-
out Bob’s special touches. He is really the master of mastering. He has taken every one of my mixes and brought
them to a level of polish and beauty that fulfills and exceeds my imagination. He truly takes my music to the
ultimate possible level. | am anxious to read the third edition of Bob’s new book, Mastering Audio. | think it will
help me learn about what Bob does to produce those ultimate masters. You should do the same.”

Mano Murthy, Producer, Composer, Music Director. Award-winning Film Composer www.manomurthy.com

“Bob Katz has made some of the best sounding recordings the audio world has ever heard. They are cherished
throughout the world. Through his vision and efforts he has championed the quest to recreate
the live experience, real musicians in a real space.”

David Chesky, Composer, Pianist, Producer, CEO HDtracks, Chesky Records. New York, NY, www.hdtracks.com

“Bob possesses a very special gift. He is able to breathe new life into my projects and mixes by turning them into
richer, fuller, more polished versions of themselves. To use a visual analogy, he turns my snapshots into beautiful
cinematography. And he does so with the utmost care and musicality. I’ve appreciated, over the years, how
generous Bob has been in sharing his knowledge. His insight has made me a better engineer myself, and has opened
me up to a realization of just how deeply one can delve into the realm of sound. The Third Edition of Mastering
Audio is an example of Bob’s love for sound and his willingness to share his craft with others.

This book will be my essential reference for keeping up with all things audio!”

John Mock, Composer, Producer, Engineer, Arranger, Studio Musician. Nashville, TN, www.johnmock.com
Credits: Musical work with The Dixie Chicks, James Taylor, Nanci Griffith, Maura 0’Connell, many more.

“Bob is a pioneer in the mastering community and in audio education. His work is first class and centered around
the philosophy of making music sound its best —not just winning some loudness war. His third edition of Mastering
Audio is an essential read for anyone involved in audio.”

Mark Hornsby, Dir. of Music Production & Artist Relations, Sweetwater Studios, www.sweetwaterstudios.com/

“Bob Katz is the Guru of Mastering. By reading his book you’ll be introduced to the secrets that will allow you add
the best tone, clarity, warmth and transparency to your already good mixes.”
Juan de Marcos Gonzalez, Producer, Arranger. Founder of Sierra Maestra, The Afro-Cuban All Stars,

Buena Vista Social Club — Credits: |brahim Ferrer, Rubén Gonzdlez, Compay Segundo, more...
www.afrocubanallstarsonline.com



“Bob elevated my new Christmas album to a whole new level with sheer perfection. His World-Class mastering
blew me away. To learn how he works his magic, | urge you to read his new book.”

Natalie Toro, Broadway and TV actress, Singer, www.natalietoro.com
Credits: A Tale of Two Cities, Les Miserables, In The Heights, Law and Order, Person of Interest, many more

“Audio art and science are inextricably linked. Bob deftly interweaves art and the science making both live and
breathe in the third edition of Mastering Audio. There is much new and essential information for everyone involved
in our profession, including critical information on Loudness Normalization technology now in effect in streaming

and broadcast which has the potential to restore full dynamic range to pop record production.”
Alan Silverman, Recording Engineer, Mastering Engineer, www.arfmastering.com.

Adjunct Professor, Clive Davis Institute of Recorded Music, New York University. Credits: Album-of-the-Year Grammy
Nominee. Norah Jones, Leonard Cohen, Judy Collins, Michael Bublé, Keb Mo, The Kinks, Vanessa Williams, more...

“In my days as a newbie recording engineer, | discovered that understanding the mastering process was crucial on
my quest to producing world-class sound. The more time spent with an experienced mastering engineer listening to
my projects, the more improvement in my subsequent recordings. Time spent reading the Third Edition of Mastering
Audio is equivalent to sitting with a world-class mastering engineer who is willing to impart with valuable wisdom,
experience and knowledge. The book’s newly-revised chapter, Earientation, gives the reader a head-start in
developing the aural vocabulary and the ear to recognize improvements that can be applied to the final product.
As I’ve said to clients, “Anything is possible, with enough time and enough money.” With the Third Edition of
Mastering Audio, you can understand what is possible.”

Jim Anderson, Professor, Clive Davis Institute of Recorded Music, Tisch School of the Arts, New York University,
www.tisch.nyu.edu. Past-President - Audio Engineering Society, Grammy-winning Recording Engineer

“Bob Katz’s attention to detail, wisdom in recording techniques, and high level of musicianship bring greater life,
depth, and dimension to everything | produce. Every mastering session with Bob is both a joy and an education!”

Charlie Bertini, Producer. President, AppleJazz Records, Orlando, FL, www.applejazz.com
Credits: John Allred Quartet, Bill Allred’s Jazz Orchestra, Ronnie Leigh, more...

“I have been using Bob Katz’s Mastering Audio as a textbook in my classes since the first edition came out in 2002,
because even though the main subject is the preparation of the final master, the book is a thorough course in
Audio Technology (science and aesthetics), indispensible for those interested in mastering the field of audio. Bob
Katz has the unusual ability to explain in writing the most complex subjects
with clarity and precision, and with plenty of wit.”

Raul Valery, Program Chair, Sound & Music Technology, Valencia College, Orlando, FL, www.valenciacollege.edu

Credits: Aldemaro Romero, 101 Strings Orchestra, Guy Saint-Clair & The London Symphony Orchestra, Buddy DeFranco,
Orquesta Sinfénica Venezuela, Orquesta Sinfénica Nacional (México)...
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“Master This Book!”

Glenn Meadows, Mastering Engineer, Mayfield Mastering, Nashville, TN, www.mayfieldmastering.com
Credits: Dan Fogelberg, Jimmy Buffett, Shania Twain, Steely Dan, many others.

“This new 3rd Edition of Bob Katz’s seminal writing on Mastering Audio is must reading for anyone practically
involved in the creation of recorded music, and in particular everyone who is in the formative stages of learning
the art and science of audio. Bob has the gift of addressing the reader as an inspiring mentor, exposing and
explaining thoroughly all crucial and delicate aspects of work with sound that could enhance the value and
presentation of recorded sound. The book has been completely rewritten and augmented with new material
addressing the critical areas of the fast-changing technology and applications. Its layout reflects the workflow
of the mastering process and focuses on learning both basics and the advanced aspects of theory and practice.
Attentive readers will feel more confident and capable when approaching all sorts of technical and practical
challenges in the studio, and will likely keep this book at a close range to use as a reference manual. The topics
are beautifully illustrated, clearly laid out, and worded with clarity and simplicity. Many useful practical tips
underlying Bob’s vast experience are presented, with hints, valuable reminders and case-study examples added,
to aid the reader’s enjoyment in acquiring the knowledge. Bob’s emphasis on training of listening skills comes
across in many instances and his Earientation chapter offers numerous listening examples of exercises to form in
a reader a strong foundation for a lifelong activity. | highly recommend this book to anyone who takes working in
audio seriously, and especially to educational institutions dedicated to audio as an invaluable didactic tool.”

Wieslaw Woszczyk, James McGill Professor, Director, Recording Studios, Schulich School of Music,
McGill University, Montreal, Canada. Past-President, Audio Engineering Society

“Understanding the fundamentals of musical sound: pitch, chords, rhythm, etc.; these are the most important
things an audio engineer needs to know. Owning and understanding these concepts will open many doors for you
that a plugin cannot. Bob’s book will help take you to that next level.”

Mark Everton Gray, Studio Engineer, The Palms, Las Vegas, NV. www.palms.com/music-venues/recording-studio.
Credits: Imagine Dragons, Joe Bonamassa, Mega Genesis, The Killers, many more...

“Bob Katz’s well-thought-out book on mastering is a welcome addition to anyone that works in the production of
music and who wants to understand all aspects of this so called mysterious stage of music production... There is
enough information here for filling in gaps that even seasoned mastering engineers might have.”

Bernie Grundman, Mastering Engineer. Bernie Grundman Mastering, Hollywood, CA.

www.berniegrundmanmastering.com/ Credits: Multiple Grammy-winning, TEC award-winning, Dr. Dre, Joni Mitchell,
Gato Barbieri, Jennifer Warnes, Jackson Browne, many more...

“Bob Katz is a true Jedi Knight of Audio”

A.T. Michael MacDonald, Mastering Engineer, AlgoRhythms, New York City, www.algorhythms1.com
Credits: Ben Allison, Fred Hersch, Matt Wilson, Andrew Hill, more...



“ An excellent reference for anyone interested in CD Mastering. | don’t know of another single source
with as much detailed information on the mastering process. Even industry veterans are guaranteed
to pick up something they hadn’t known or were unsure of.”

Ted Jensen, Chief Engineer, Sterling Sound, New York City, www.sterling-sound.com
Credits: Kings of Leon, Green Day, Alice In Chains, Arcade Fire, Pat Metheny, more...

“When | first picked up this book, | couldn’t put it down until I had read it all! This book should be required reading
for all audio professionals - and not just in mastering. Every studio owner and engineer needs to know about this
stuff. Even more so with the third edition’s leading edge approach to loudness measurement, structured advice on
how to deal with the advent of loudness normalization in all our mixing and mastering practice.

And much more, including a beautiful new layout!”

Mike Collins, Producer, Arranger. Author of Pro Tools for Music Production, London, www.mikecollinsmusic.com
Credits: Light of the World, Sun Palace, Juliet Roberts, David ‘DaPaul’ Philips, more...

“The first piece of equipment [you] should buy is Bob Katz’s Mastering Audio: The Art and the Science.”

Roger Nichols, Audio Engineer, Producer, Mastering Engineer
Credits: Steely Dan, John Denver, Frank Zappa, Stevie Wonder, Crosby Stills & Nash, more...

“With the impending demise of CDs and the rapid expansion of lossy-encoded audio and video music delivery,
the requirements of mastering have changed a great deal. In addition to updated techniques, this new edition
is organized with a “how to” section for beginners followed by a comprehensive reference section to explain the

many “whys.” This will make a superior textbook for formal classes...”

Bob Olhsson, Mastering Engineer. Audio Mastery, Nashville, TN, www.audiomastery.com
Credits: Marvin Gaye, The Temptations, Quicksilver Messenger Service, Grateful Dead, more...

“This new edition is essential reading for anyone who wants to keep up with the latest developments in audio
production. Bob presents complex topics in an easily accessible format that will appeal to beginning and
experienced readers alike. Many will be eager for the new content, especially loudness measurement and

metering, one of the most crucial subjects for audio engineers working today.”

Garrett Haines, Mastering Engineer, Writer. Treelady Studios, Pennsylvania, www.treelady.com. Senior Contributor,
Tape Op Magazine, www.tapeop.com. Credits: Jolie Holland, Watermelon Slim & the Workers, Garage a Trois

“Bob is a master of the technology changeover from analog to digital.
His book covers areas that no others have touched.”

George Massenburg, Producer, Engineer. Associate Professor of Sound Recording, Schulich School of Music,
McGill University, Montreal, Canada. Grammy-winning, TEC award-winning. Credits: Lyle Lovett,
Linda Ronstadt, Little Feat, Earth, Wind & Fire, James Taylor, many others...
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CIrepDiTs alD THANKS TO...

My friend (of 40+ years) editor Chris Morgan, who has helped to make this third edition
sound clear, big and warm! Jim Johnston for some powerful new third edition diagrams explain-
ing clipping, numerous contributions to facts and figures, fact-checking in this third edition and
past editions. Dr. Uli Brueggemann for fact-checking in the sections on acoustics and room correc-

tion. However, I am the only one to blame for any er3ors that may remain.

My production team: Mary Kent has outdone herself with the third edition’s beautiful new
graphic design, layout, cover design, and her photo-art bringing life to each chapter. Jim Kaiser,
far more versatile than his title as copy editor, brought the real world experience of teaching
audio and mastering at the college level, offering several suggestions. Sara Brown did a fabulous

job helping me organize about a thousand notes. Oops, Bob, you missed a spot...

Sadly, Roger Nichols passed away before the third edition was published. In tribute to his life
and contributions to quality audio I asked Bob Ludwig to write an updated Foreword. Gail Kent
for inventing the punny title! Charlie Bertini, for finding and preserving a perfect print of the
Carnegie Hall chart attached inside the front cover of this book. It has found its way to many

studio walls.

Bob Ludwig, one of the busiest and nicest guys in audio, read the first edition manuscript,
provided valued initial input. Dave Glasser, Bob Ludwig, Rich Tozzoli, and Jonathan Wyner updated
their surround sound wisdom, and are now joined by Morten Lindberg’s unique approach for this

third edition in Chapter 11.

Rudi Ortner, whose master’s thesis and thorough research provided factual documentation
of the loudness war for the first time. Rudi’s analyses have confirmed my previous estimates and
extrapolations and revealed much more. Now everyone can be aware of the facts: It’s an astound-
ing story, revealed to the audio world in sometimes grim detail in Chapter 17. Let’s do everything

we can to prevent another war. Never again.




Konrad Strauss, who reviewed the first edition and made helpful suggestions. Richard Hulse
for refining the parallel compression technique in the analog domain. Bob Orban and Frank Foti,
radio processing gurus, for providing the text of their excellent article, in Appendix II. Thanks
to San Francisco’s Tardon Feathered and Marvin Humphrey of Mr. Toads, for producing the What is
Hot CD, collaborating and organizing the What is Hot competition on the mastering webboard, and

for locating Bob Orban to answer that essential question.

B.J. Buchalter of Metric Halo Labs, for devising SpectraFoo, one of the most powerful audio
analysis tools in the universe, and contributing some important facts. Special thanks to Bruno
Putzeys for helping on jitter and monitor specifications. Waves for their excellent graphics and for
making some of the first dynamics processors that go “both ways.” Several images in the chapters
are adapted from screenshots of Waves products. Christian G. Frandsen, Paul Frindle, Eelco Grimm,

Dan Layry, Bob Stuart and Uli Brueggemann for technical advice.

Many mentors over the years, including the late Michael Gerzon, Deane Jensen, Julian Dunn and
Steve Washburn. Thomas Lund, one of the most dedicated and artistic engineers around. Thomas
edited earlier versions of the manuscripts that evolved into a couple of these chapters. He also
provided an image with research into dynamic range tolerance and plenty of good technical
advice on loudness matters as well as a formal measurement of iTunes’ nominal target level. My
colleagues in the Music Loudness Alliance: Florian Camerer, Eelco Grimm, Kevin Gross, Bob Ludwig,
and Thomas Lund. Florian for being the best diplomat in the audio world and inventing the term,
“The Loudness Revolution.” My ex-assistant Robin Reumers, who is always ready to lend a hand or
provide needed audio information. Mike Chafee, who listens critically, has taught me a lot about
acoustics and helped to improve my monitor system. Eric James, editor of the first and second

editions, whose sonic signature still rings through these pages!

Megan Ball and the team at Focal Press, who exemplify as much care and attention to detail in

publishing as we do in audio!

Finally, all my Internet comrades. Your evocative adages, printed with your permission, are

found periodically throughout this book.

Fact Check

(some technical sections)
Dr. Uli Brueggemann

Paul Frindle

Jim Johnston

Rudi Ortner

Dick Pierce (2nd ed.)
Bruno Putzeys

Copy Editor
Jim Kaiser

Production Assistants
Sara Brown

Daniel Medina
Christian Robinson
Todd Hays

Ricky Landaeta

Some product photos
provided by the
manufacturers
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FOreworo — THII'D EDITION

I've been lucky to have a career mastering music: it has brought me tremendous enjoyment and satisfac-
tion. I've worked with tubes, transistors, lacquer masters for vinyl, 1/47, 1/2”, then 1" -wide stereo analog tape,
cassettes, digital audio, GDs, mini-discs, surround sound, DVD’s, Blu-ray Disc, digital downloads, and now
Mastered for iTunes 24.-bit sourced AAC encodes that sometimes sound closer to the original 24,-bit master
than the 16-bit lossless CD.

Even if you own a copy of Mastering Audio: The Art and Science, it’s time to learn new things again! Bob Katz
has re-written the book with new chapters, new information on every page, and it has been reorganized and re-
fact-checked by audio authorities, because so much has changed in the audio world!

Recently Spotify, iTunes Radio, and other streaming sites have become popular, and they all use algorithms
that turn the level of loud CDs down and bring soft CDs up, making the old “loudness wars” meaningless. Engi-
neers and producers need to know about the once-in-a-lifetime paradigm shift from peak-level normalized to
loudness-normalized music. Mastering Audio’s 3rd Edition has three brand new chapters on this exciting news
that could change the way music is produced from now on. Why ruin the sound of your music when it will now
be played on internet radio that will keep turning your music down the more you turn it up? After they turn it
down, all that distortion and puny sound will sound horrible compared to

music with wider dynamics.

This new paradigm is just one reason why this Third Edition
of Mastering Audio is very important for audio engineers. These
new chapters explain the developments in loudness normal-
ization and how they impact every audio engineer’s prac-
tices and our careers.

You need to read this book —it’s up-to-date, factual
and it will help take you to a new golden age of audio pro- |
duction and mastering. There will be a time, very soon, |
where engineers and producers will have the freedom to »
produce music with any kind of processing they wish; a
time where mastering engineers can help the artist create
their musical vision without the pressure of competitive
loudness altering that vision.

Bob Ludwig

Gateway Mastering & DVD
Portland, Maine, May 2014,



FOTr€Eworbop — Previous EnpITions

When a recording artist I produced heard a great song on the radio he would turn to me and say, "I was
going to write that song!” After reading this book my reaction was, “I was going to write this book!” Well, I am
glad Bob beat me to it because it looks like he did a much better job than I could have.

What places this book head and shoulders above the rest is the attention to useful detail. Instead of some
hyperbole, the reader can actually put these methods to good use. The descriptions of how to perform a task
are augmented with the reason that you should perform the task. Not just how downward compressors work,
but when and why you would want to use them. Science is meaningless without art.

How do I tell if the digital signal is 16-bit or-24, bit? What does noise shaping do? Should I mix at 96 kHz?
How do you make something 3 dB louder when it is already lighting up the over lights? Should I mix to analog
or digital? How do I set up my speakers for mixing surround? Which weighs more, a pound of gold or a pound
of feathers? These are some of the questions that Bob answers in a clear and concise style.

Bob enters each mastering session with his eyes wide open. Each project is unique, and each mastering
session will require a unique approach to bring out the very best results. Bob’s musical background helps him
select the proper tools for the job. Knowing that a string quartet record does not require the same approach as
the Back Street Boys record is half the battle.

Every day clients ask for louder and louder CDs when they come to a mastering session. It is very hard to
find Hi-Fidelity CDs these days. Now that you can do your own recording to a digital workstation, buy your
own multi-band compressors and burn your own CDs, who needs mastering? My answer is that if you record
your own projects at home, you need mastering more than the producer who works with the top engineers in
the top studios. The key is outside reference. No, [ don’t mean that your neighbor came over and said, “Hey,
that sounds really great!” I mean reference to other projects, and reference to other engineers who have
worked on great sounding CDs.

Bob does an excellent job of dispelling the myth that the louder you make your CD, the louder it will be on
the radio. Read this part more than once. Once the reality sinks in, then maybe we will have more viable can-
didates for a Best Engineered CD Grammy, instead of having to choose a CD for the Least Offensive Engineer-

ing award.

The professional mastering engineer works on material from all corners of the music business. This is the
last stop before the CD hits the radio and the record stores. The smartest thing any mixing engineer can do is
leave the final loudness tools to the loudness professional.

xy
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Limiters and compressors should be treated just like firearms. There should be guides for the proper use
and classes you must take before you can own one. That class is here in this book. After you read this “audio
firearms manual” you will have a much better understanding of the mastering process. You will know when
and how to use these tools yourself and when to leave it to the professional. Treat every compressor/limiter as
aloaded weapon, and don’t point it at anyone unless you intend to use it. It's the LAW!

[ get e-mail quite often from independent artists who are recording their music at home and want to know
what gear to buy to help them mix before they send it to me for mastering. I tell them that the first piece of
equipment they should buy is Bob Katz's Mastering Audio, The Art and the Science.

Roger Nichols
Miami, August 2002

Roger Nichols passed away April 9, 2011. He never got the chance to enjoy the Loudness Revolution, but I know he’s
still listening!



InrroopucTion

What Is Mastering?

Mastering is the last creative step in the audio production process, the bridge between mixing and
replication (or distribution). It is the last opportunity to enhance sound or repair problems within an
acoustically-designed room —under an audio microscope. Mastering engineers lend an objective, experi-
enced ear; we are familiar with what can go wrong technically and esthetically. Sometimes the only process we
do is —nothing! The simple act of approval means the mix is esthetically ready for pressing, it only needs to be
technically converted to the release medium and proofed. Other times we may help the producer work on the
problem song they just couldn’t get right in the mix, or add the final touch that makes a record sound finished
and playable on a wide variety of systems.

Regardless of the form in which product is sold, our job as mastering engineers remains: we help music
to be presented in the best possible way. This requires old-fashioned craftsmanship and attention to detail,
values which never go out of style. The artistic and technical information provided in this book will always be
precious to students of the art of audio.

The Approach of this Book

In the mastering studio we use the scientific tools of audio engineering to illuminate musical art. So this
book constantly integrates art with science. Students may ask why they have to learn all this technical stuff:
while you can’t get very far without talent, you can get much further with both talent and technical knowledge.

In the days of analog processing and analog tape, a practicing audio engineer could get along without a rounded

technical education (with the help of a studio maintenance tech), but digital audio requires far more technical

knowledge as well as computer skill. A simple “slip of the mouse” can make the difference between a recording

that is spatially-compromised and one with a big soundstage. Besides, these days very few recording studios,
even the largest, can afford to have a full-time maintenance engineer on staff, so independent engineers need
to have far more technical skills than they did in the days of the big studio motherships. A great deal of albums
are recorded and mixed in project rooms run by staff with varying degrees of experience and skill. The days of
mentorship and education by apprenticeship have largely slipped by. This leaves the project studio engineer
and the working independent engineer without many resources to learn their trade. Mastering engineers also
need to learn all the techniques that can help mixes produced in substandard mixing environments. All this
makes Mastering Audio an essential resource for audio engineers, musicians and producers.

Mastering Audio reflects not just the wisdom of over forty years of studio experience, but also my seminar
experience teaching audio around the globe to present and future practitioners of the audio art. In this third
edition I have completely revised the Chapters and reorganized the book to reflect the mastering engineer’s
workflow, all the steps from A to Z. We begin with the important concepts that everyone needs to know, build -
ing to the more advanced technical ideas. Special terms are introduced for the first time in boldface type and
will also be found in the Glossary at the tail.

On Language

Sex is good! And being sexy
can be fun! | feel that lan-
guage should be sexy, too,
and our centuries-old male-
centric language must be
rather wearying to the women
in our society. It’s time to put
some vitality back into our
syntax. Thus, you will find that
in one chapter of this book,
the Mastering Engineer may
be a woman, and in another, a
man! Vive la différence!



MYTH:
Digital Audio
requires less

technical skill to

I use than analog. I

Attention Gearheads

This book is designed to help you learn to make
informed decisions on your own; how audio equipment
works, and what happens when you turn the knobs.
Just about every day I get a letter like this one from
engineers asking me to bless their particular list of
equipment...

Dear Bob, | always master with a Sis-boom-bah
brand compressor and equalizer, then | follow it
off with a touch of a Franifras enhancer. On the
next pass | use a Caramba tool to maximize the
sound and then Whosizats dither before going to
CD. Please tell me what you think of my choices?

Sincerely, Gearhead.
Iusually reply, politely,

Dear Gearhead, your equipment list sounds

pretty extensive, but much more important is

how you use it. For example, some of the gear

you describe would be entirely inappropriate for

some kinds of music....

As I said, mastering is not about “processing” per

se: some masters leave the studio with no mastering
processing at all. Perhaps the most essential piece of

magic can only come from the music itself). The truth
is that in a typical mastering session, each tool makes
only an incremental improvement, and the final result
comes from the synergistic totality of the tools work-
ing together. In these days of mass-gear-marketing by
competitive manufacturers, there is too much emphasis
on the glitz, fashion and style of the gear rather than its
sound quality and principles of operation. While this
book is definitely for gearheads (in the sense that it has
lots of glitzy pictures and descriptions of gear designed
to produce good sound), serious engineers who want

to improve their techniques will also find out how their
devices function. Audio principles never go out of style,
but gear models fade away.

I have carefully chosen the equipment we discuss as
suitable for high-quality audio mastering. Regardless,
there are far more models available than I have person-
ally experienced, and their exclusion does not mean
they cannot perform a good job.

The theories and background covered here are what
I consider to be the minimum necessary to become a
competent audio engineer in this digital age. Com-
plex mathematics is not required. There are plenty of

; : . ) = . ) ) ood foundational
information we can There is no magic silver bullet. There is no one magic iasics —
learn is this aphorism anything that will be ‘best” in all situations. The e, ssinilsrera)
written by master '

engineer Glenn
Meadows.

Glenn’s statement
also applies to the amount or setting of each knob
or control within our equipment. There is no magic
threshold, or EQ setting, or ratio, or preset that will
turn ordinary sound into magic. Sonic magic comes
from the hard work we put into using our tools (musical

ability ofthe operator to determine what it is that
needs to be done and pick the best combination of
tools is more important than what tools are used.”

experienced digital
design engineer will
find useful infor-

— GLEnN Mrapows mation. This third
edition is organized so you can move with confidence
from Chapter to Chapter, starting with the basics, and
have a good foundation for the advanced concepts that
follow. If you are not yet a practicing engineer, it will




practice. Economics have

Visit www.digido.com/
media/links.html for all links
mentioned in this book.

pay to reread the book after ayear in the field: that will

reinforce all you've learned in practice. dictated the increased use

The Changing Audio World

of production rooms using

e

Greater Emphasis on Singles than Albums
Technological change has a large effect on society.
Aslate as 1995 no one had an inkling that the public
would decisively turn from consuming physical music
and video product to downloading digital files. In April
2003 the iTunes™ Music Store opened. In less than
three years it had sold its one-billionth song! The full
effect of this paradigm shift has yet to be evaluated.

The quantity of single downloads moved up from
afraction in 2003 to over 1,200,000 in 2013 while
album downloads only increased from a fraction to
about 100,000 in the same period, according to John
Brownlee at Cult of Mac, who attributes this to iTunes
having killed the album by not pricing albums at a suf-
ficient discount compared to singles. This change in
public preference from albums to singles has dramati-
cally affected the economics of our industry, trickling
down to mastering engineers, who used to produce an
album a day and now may produce an album every few
days coupled with scattered singles throughout that
same week, netting far less earnings per week.

Changes from Downloading to Streaming
According to Alison Wenham:

By the year 2012, 22% of the independent label

group Beggars Group’s digital revenues came

from streaming. The majority of its artists earn

more now from track streams than downloads.

These changes lead to challenges to sound qual-

ity: Downloads and streaming mean increasing use of
coded audio (e.g. AAC, mp3), which is compromised
in ways that require us to make adjustments in all our

nearfield loudspeakers with
poor headroom, narrow band-
width, irregular frequency and polar response — played
in small rooms with poor acoustics. As mastering en-
gineers, it is our job to be able to deal with these issues
and become mentors to these clients.

The Loudness Revolution

As Bob Ludwig mentioned in the Foreword to this
third edition, our audio practices are undergoing a
giant shakeup that will be felt for years to come. We
call this the Loudness Revolution, covered in several
new Chapters, as well as related developments in the
destination media, from downloads to streaming,
from iPods to home theaters to high-end audiophile
systems. Those who doubt that the loudness revolution
is arriving need only buy a new game, since the game
audio initiative began producing audio to the strict
R-128 loudness standard in August 2013. Or take a
look at iTunes Radio, Spotify, or Pandora, which are
all loudness-normalized. Currently they use different
targets, which we hope to see reconciled (See Ch. 17) .

Get Ready to Rumble!

This edition is replete with new, up-to-date
information. Just like a well-sequenced record album,
these chapters tell a story in alogical, flowing order.
We'll begin with an introduction to the mastering world,
to mastering tools and procedures, suggest how you can
trainyour ears, and take you step-by-step through a
mastering engineer’s day.

Let’s begin Mastering Audio!

1
Wenham, Alison (March 2013). Resolution Magazine, page 4.4,
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CHAPTETI 1

No Mastering
Engineer Is

An Island

I. The Evolution of Home Listening

Audio engineers are aware that the consumer’s
listening experience is constantly evolving. Up to the
1990s, consumers usually listened to their music col-
lections on their home stereo system, and many had
sophisticated listening rooms where they spent signifi-
cant leisure time. But by the mid- to late-199os, leisure
time was more often spent playing video games, watching
films onvideo, social networking, or Internet surfing,
either at home (on the computer) or while traveling (on
asmartphone). Music listening turned into a casual
background activity, using either puny home computer
speakers or earbuds while traveling. The consumer’s
best-sounding music systems have become the ones in
their noisy cars! Now they “consume” their music on the
run, while exercising or jogging. The novelty of music-
on-the-run is mesmerizing, and though mp3 sound
improved as Internet bandwidth increased, it generally
was played over execrable computer sound systems. It’s
asobering thought, but today, most music listening has
ceased to be a serious, foreground experience.

From CD, down to MP3, then up to AAC and
96k in the Home

By the year 2000, the CD had lost its attraction for
many consumers, who also bypassed the higher resolu-
tion SACD and DVD-A, making the first decade of the
21st century the period of the cheap portable digital
music player, low-quality mp3 digital downloads, and
low-fidelity computer playback. Within the home, the
listening experience was deteriorating, but outside, the
iPod™ offered a glimmer of hope via its superior DAC
and high-headroom audio section (compared to cheaper
portable players). The iPod, followed by the iPhone, took
portable listening to a high ergonomic and sound quality.



Attention to detail: It only
takes an extra minute to get
it done right, but it takes
hours to fux a mistake.

Car sound advanced as well, as auto makers discovered
consumers practically lived in the car. Cars became
quieter inside and in many cases the systems exceeded
the sound quality found in the typical home. By the end
of the decade, consumers were playing portable devices
in their cars, bringing their large music collections to
their primary playback system.

The second decade of the 21st century marks the
beginning of the renaissance of sound quality in the
home. Apple embraced the superior AAC format over
mp3, doubled the bitrate (thus raising the sound qual -
ity of songs sold at the iTunes store) and introduced
the Mastered for iTunes approach, which has been
embraced by mastering engineers (covered in my
bookiTunes Music). Apple’s iTunes Radio debuted and
reportedly has a decent bitrate. Unlike some other
streaming services, it does not compress dynamic
range and has avery decent loudness-normalization
scheme that preserves headroom and sounds much
better than terrestrial radio (described in Chapter 16).
The loudness race (see Chapters 17-19) is curtailed
when loudness normalization is a default in iTunes’ file
playback. The pure audio Blu-Ray format was devised
to succeed the music CD, with greater than 96 kHz
sample rate and surround sound. The next revolution in
domestic listening was born from a new appliance —the
high fidelity music server.’ This increasingly-popular
device lets consumers play high-resolution downloads,
Internet radio, music and video files on hi-fi and home
theater systems. The device can
stand alone, such as the Bryston
or Weiss music servers, or be
software in a computer, such as
the JRiver music server (see fac-
ing page) or iTunes modified by

Chapter 1

Amarra or Pure Music. Each room can have its own wire-
less connection to the central server, and users play their
music collection on demand in any room with a simple
remote control. By the end of the second decade, home
servers will become the dominant playback mechanism,
returning good sound back to the home, as home users
will have ripped their CDs to lossless files and begun
purchasing high resolution audio files from online
vendors. Physical product has become less important

to anyone except collectors of fine music (including

the vinyl renaissance). It has essentially been replaced
by files that can have superior fidelity and that allow
instant, convenient access to anything in the consumer’s
collection.

Mastering engineers know the best way to present
audio to the public through this variety of evolving
formats and expanding venues. We strive for high-qual-
ity audio mastering, and seek to preserve sound quality,
reducing it only when the delivery format requires it.
And so we urge program producers to create and archive
high quality masters, for the future looks brighter than
ever before...

Il. Technical Steps from Recording
to Finished Master
Recording

The computer revolution has given birth to the
project studio, where solo artists can produce an entire
album in a single room. But the recording process has
traditionally been a collaborative one, for music shines
when creative people work together. Sound is demon-
strably better when music groups are recorded in larger,
decent acoustics with instruments that generate acous -
tical signals (including the electric guitar, bass, etc.,
which also generate acoustical signals when used with
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amplifiers, which have a sound of their own). After ar-
rangements are written, musicians are hired, and the
artists go into the recording studio or onlocation for
the recording to multitrack. For quite some time, the
principal medium for multitrack recording has been
the computer hard disk, with analog tape reserved for
some high-end projects. A primary or secondary hard
disk may reside on an Internet-based server, which au-
thorized participants have access to, and which contains
adatabase, musical arrangements, performance tracks,
mixes, and later, masters.
Mixing

After the tracking is complete, the producer, artist
and mixing engineer produce the mix of each song
or section of the work. If you're mixing to stereo, the
mix goes to two tracks, but even then it may be divided

into several 2-track stems in order to produce

TV, performance tracks or instrumentals, or to permit
some balancing decisions even at the mastering stage,
such as the relationship between leads and rhythm
(which can be affected by mastering processing). If
you're mixing for surround, the mix may go to six or
more tracks; and if divided in stems, the surround
stems could take up 18 or more tracks!

The biggest difference between mixing and master-
inglies in decisions about whether an instrument is
too loud or soft in the mix. [t’s important to make the
right decision about this during mixing: it will pay off
later. For example if you've mixed the bass instrument
too softly, the only way I can fix it during mastering is
to raise the level of certain bass frequencies. But this
will affect all the bass-frequency instruments and the

No Mastering Engineer
Is An Island



Replication or Duplication?

Replication is a synonym for
pressing; the result is a durable
molded metalized circle of
plastic, sealed under a coat of
protective lacquer, which can
last for 100 years or more. It is
the preferred method for pro-
ducing 500+ discs. Thousands
of pressed CDs can be econom-
ically produced in a single day
at a CD plant (it takes about

5 seconds for a CD “biscuit”

to come out of the molding
machine). The master for rep-
lication can be a CDR or a DDP
file. Replication is highly reli-
able: once the first replicate
has been tested in a special
machine, the quality of all the
discs is virtually assured.

By contrast, duplication means
to produce multiple CDR
copies of a master CDR using
multiple CD writers. A CDR is

a chemically-etched medium
easily subject to damage

from heat and light — though
CDR media have gotten much
better over time. At 16x write
speed, one CDR duplicate can
be produced in less than five
minutes per slave. Duplication
is far less reliable than rep-
lication — theoretically each
duplicate should be played and
verified from beginning to end,
since writers can go bad as well
as the media. Duplication is
more expensive than replica-
tion and is advised only for less
than 500 copies, though some
clients use it for runs of up to
1000 because of the speed of
turnaround. Replication plants
can be backlogged for weeks.

subharmonics of other instruments. The sound could
become boomy or muddy, and the desired effect (to
raise the bass instrument) could cause more problems
than the supposed “cure” (equalizing the bass frequen-
cies). This is the essence of the problem in miniature: a
better mix allows me to make a better master.

Where does mixing end and mastering begin? With
the advent of stems, the lines that divide mixing and
mastering have become blurred. A good mastering
engineer should not concentrate on individual mix
instrument levels because this will distract her from
the main tasks of integrating the album’s songs, and
getting the tonality, dynamics and spatiality just right.
That is why mixing and mastering should be performed
at separate times in studios dedicated for each purpose.
Many mastering engineers are uncomfortable with
stems if they have never been a mixing engineer. Given
adecent mix, I avoid using stems, but if required to use
many stems, I reserve time to put on my “mixing head”
and tweak the stems in a separate session. Then I start
another session and concentrate on the mastering.

Editing and Premastering

The next step, editing and sequencing (putting the
album in order), is usually carried out at the mastering
house. Usually sequencing is performed by the mas-
tering engineer, who receives individual songs or
segments and puts them in order with spaces or
overlaps. Sequencing is followed by premastering, which
is the proper name of our profession, to distinguish
it from the technical mastering that takes place at the
plant (though everyone calls us mastering engineers
for short and we use that terminology throughout
this book). Premastering can include the artistic and
technical tasks of dynamics processing, leveling, equaliza-

tion, noise reduction, and even some mixing, described
in detail in later chapters. Naturally, the output me-
dium of premastering is officially called the premaster,
but we usually label it master. For CDs, the master can
be a CDR, which is physically delivered to the plant, or
a DDP file, which can be delivered electronically. For
Internet destinations, the master is one or more WAV
(or possibly AIFF files, but WAV is most compatible
these days). The conversion to a coded format (e.g. AAC
or mp3) is performed by the vendor or distributor (e.g.
Apple, CD Baby, Tunecore).

Disc Production in a Nutshell

The compact disc is the most successful high fidelity
music medium in history, with a longlife beginning
with its introduction in 1980. It is still vital to the music
industry, although downloads and streaming have
rapidly taken over. A finished compact disc master can
usually be produced by a mastering engineer in a single
day, including the esthetic and technical premastering.

At the Replication Plant

When the premaster is received at the plant, it is
used to create the glass master. But, technically speak-
ing, glass is not the master. The glass is the carrier
for an emulsion that is applied to its surface. At many
plants, glass mastering is performed in a class 10 clean
room (or better) by engineers wearing white “space
suits” (affectionately known as monkey suits). An al-
ternative is to house their LBRs (laser beam recorders)
in a self-contained clean room that can be loaded up in
the morning by one suited individual, and run all day
without intervention, other than to observe the process
through a Plexiglas window. The LBR is a multi-million
dollar machine that takes the digital information for the
master, encodes it” to the proper format, then trains an
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encoded laser beam onto the light sensitive emulsion.
The on-off laser pattern generates a series of pits and
lands after the emulsion is developed. The coated glass
disc is then moved to another clean room, where the
emulsion is sputtered with a fine nickel alloy, a process
called metallization. Next, the disc is put in a vat where
an electrical charge is applied, allowing the surface to
be plated. This process is called electroforming. After
plating, the metal piece, now called the father, is peeled
off the glass. The glass surface is then cleaned and can
be recoated and reused for a new “glass master.”

The father is the inverse of the final disc (pits are
lands and vice versa). For small runs, the father can
be used directly as a stamper. But for any significant

quantity, the father is electroformed to create a mother
(which is the inverse of the father) from which many
stampers can be produced. Each stamper goes into

a press, where a clear polycarbonate disc is inserted
and molded. Afterwards, the disc is metallized with an
aluminum reflective layer (gold can be used in specialty
pressings) and coated with a protective lacquer. Finally,
asilk-screened or offset label is applied to the top of the
disc, which is then packaged with booklets into the disc
cases by automated machinery. Every element must be
carefully inspected for defects —and the disc itself must
meet the proper tests for pit depth and spacing (e.g.
jitter and RF output tests). It’s an exacting process, but
DVDs and Blu-Rays are even more difficult to produce.

No Mastering Engineer
Is An Island

This figure outlines

the major artistic and
technical steps in
Compact Disc or SACD
replication, from the
conceptual beginning,
through to the finished
technical product.



DSD and DXD
DSD (Direct Stream Digital) is
a digital format that uses del-
ta-sigma modulation instead
of pulse-code modulation
(PCM). A small group of mas-
tering engineers support DSD
and work in various ways. Only
a few pure DSD digital proces-
sors have been made, so most
engineers work in other for-
mats and convert at the end to
DSD. Some engineers originate
in DSD because they like the
sound of the conversion, then
convert to high rate PCM by
analog conversion or sample
rate conversion to retain some
of the flavor or warmth of the
analog-to-digital converter
(ADC) or because they think
this produces superior results.
Some may originate or edit in
DXD (Digital eXtreme Defini-
tion), which is 8 times the
rate of the CD, 24-bit/352.8
kHz PCM, considered to be the
“grandfather format”. DXD is
editable and processable in
a standard workstation, pro-
vided that the CPU is up to the
task. After processing, engi-
neers downsample and convert
to other formats.
| tested a DXD converter and
found it to be audibly trans-
parent, indistinguishable from
an analog original, so we’ll call
DXD the reference for purposes
—> page 13

DVDs and Blu-Rays Are More Complex than CDs
Although the physical DVD is very similar to a CD,
it requires a much greater magnitude of precision.
Because a one-sided DVD has about 7 times the infor-
mation density of CD, it costs more to produce in the
creative, technical and manufacturing stages. The cre-
ative department has to generate the graphics and menu
copy and the plan for interactivity well in advance of
the authoring stage; furthermore, all of these elements
might be in constant flux until the reference audio track
has been firmly edited and mastered. Finally, at the
pressing plant, DVDs require much more stringent QG
(Quality Control) standards than CDs, especially be-
cause of the delicate bonding process for a multi-layer
DVD. The Blu-Ray has even more information density
and so much complicated capability that all of the above
issue are exponentially greater.

lll. Specialized Audio Delivery Formats
The Audio-Only Blu-Ray Disc

Most of us are familiar with the high-definition
picture and sound afforded by the Blu-Ray Disc, but it
is possible to produce a Blu-Ray disc without picture,
containing high quality stereo or surround sound at
high sample rates. A company called MSM has devised a
scheme called Pure Audio Blu-Ray that allows the user to
select audio formats (e.g. stereo or surround) and navi-
gate to sections via the player’s remote control without
requiring a video monitor, though track lists can be
viewed on a monitor if desired. As CD sales subside,
the two remaining major music formats will be digital
downloads and Blu-Ray audio. The level of interactivity
is far less complex than on a video Blu-Ray and licenses
have become cheaper, so the costs are now within the
range of independent labels. For surround, Blu-Ray
audio, like DVD audio, can be encoded in a lossy format
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to save space, such as DTS or AC3, or alossless format,
such as Dolby Tru-HD. The production and encoding of
these coded formats is beyond the scope of this book.

SACD

The SACD (Super Audio CD) is an audio-only disc
format. It was intended to be the successor to the Com-
pact Disc, but did not catch on with the larger public.
Still, SACD refuses to die, having found a niche amongst
audiophiles. It is a higher-resolution format than CD. It
supports stereo and surround, using a one-bit (non-
PCM) format known as DSD (see sidebar). The physical
master for SACD must be in a special format that very
few mastering houses support, so you must send either
PCM or DSD-format masters to a specialty house.

Media Files

Downloads and streaming have already exceeded
physical media in popularity. The mastering engineer’s
job is to produce material that will translate to many
disparate media and listening environments. Some
download sites cater to the audiophile —for example,
HDTracks and QoBuz, which sell 24,-bit music files with
high sample rates.

IV. The Mastering Engineer’s
Detailed Approach

In mastering, meticulousness and attention to
detail are vital. We've always been called upon to keep
careful track of a project from the time it arrives until
it becomes the final product. Days, weeks, or perhaps
years later, if revisions are requested, the client has
areasonable chance of ascertaining which processes
were used by consulting with the mastering engineer.
At RCA Records, through the 8os, analog tape box labels
included “dash numbers” (e.g. -1, -2, -3) for each
copy generation, and a card catalog carefully logged the



tape’s status and which one was the correct master to use
for LP or cassette duplication. When masters were sent
for disc cutting, the cutting engineer inserted a written
log indicating the Pultec or other equalizer settings they
used, left/right channel gains, and so on.

Today, the situation is far more complicated than
simply looking in a tape box for cutting information and
marking the box with the generation number. Master-
ing has become a complex art with many stages that have
to be documented. Audio-only projects may arrive in
multiple forms: Internet files sent via FTP, digital tapes,
DAW sessions on hard disk, optical discs or analog
tapes. Projects may be two-channel or multichannel
surround; they may arrive as full mixdowns, partial mix-
downs (stems), or combinations. The definition of what
is the Master becomes even more vague, since multi-
'media projects may be finished at the audio mastering
studio, or have authoring added at some studio down the
-road. When a file is sent digitally from mastering house
to label, does the copy magically become the master af-
ter it arrives? The answer is: both are masters according
to their file names. The safest master is one that is ac-
companied by an MD5 (a form of checksum) to confirm
it has not been changed. But since most label personnel
don’tunderstand MDs5s, to guarantee that the client

receives an exact copy of the master, always zip files
before transmission. It becomes useful for the label to
retain the zipped file that was transmitted, because a zip
file contains an internal CRC (another form of check-
sum). A file will not unzip if it was corrupted at any time,
especially during transmission. It will only unzip if it is

~ intact, and by the nature of zips, it must unzip to exactly
the same data as the original source of the zip. Good
practice would be for the label to unzip the container
with the masters sent by the mastering house, audition

the wav files, make reference copies onto another me-
dium, but send the original zip file to the distributor.

One thing has not changed: it is the responsibility of
the mastering engineer to ensure that the audio quality
that leaves the mastering studio is the same quality
that will be represented on the final medium. We must
know the project’s destination when it leaves our office,
and familiarize the producer with what is necessary to
preserve the audio qu.elli‘ry.3

V. Mastering Tools and Procedures
Picking the Right DAW

Mastering engineers depend on their DAWs (Digital
Audio Workstations), which must be powerful, reliable,
and have very high data (audio) integrity. Sonic Solu-
tions pioneered the mastering DAW and introduced the
Source-to-Destination editing model and interactive
crossfade editor. To this day, only a few other work-
stations or software programs have been dedicated
to mastering: Audiocube, Pyramix, SADIE, Sequoia,
soundBlade (the successor to the original Sonic Solu-
tions), Wavelab and to a lesser extent, Waveburner.
When the production is for download-only, it may be
possible to adapt other workstations for mastering, but
they may not have not all the features and conveniences
mentioned below. Convenience translates to speed and
efficiency. I probably finish each day an hour earlier
because I use a DAW which facilitates the mastering
workflow.

Here are some specific advantages of dedicated mas-
tering DAWs:
- Integrated CD track marks and ability to cut and
verify master CDRs and DDPs, generate MD5 check-

sums, insert metadata (e.g. CD text, EAN, ISRC).
- High data integrity; the architecture is designed to be

of discussion. | find other high
rates of PCM to be excellent,
very close to the DXD original,
with 24-bit/96 kHz being the
most practical high rate to
use at this time for mastering.
The losses are very difficult to
hear. In a shootout between
the 352 kHz original and a 96
kHz reduction or a DSD reduc-
tion, | felt that the 96 kHz

PCM retained the transients,
impact and definition of the
DXD original better than the
DSD. Conversely, the DSD had
a warm sound, which may not
be accurate, but is certainly
attractive. Let’s conclude that
when working with such rari-
fied formats, you should pick
your poison and use it to its
best capabilities: you’ll get
excellent results. Since 96 kHz
is the most practical rate, and
most material that comes in
for mastering is at 96 kHz or
below, | work at 96 kHz most of
the time.

No Mastering Engineer 13
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"One challenge in mastering is that half the clients
complain if their mizes come back sounding radically
different, and the other half complain if their mizes
DON'T come back sounding radically different.”

— Jay FricoreTTO
bit-transparent except when performing a calculation.
- High resolution (internal calculation precision).

- Multiple playlists (EDLs) can be open and data can be
copied and pasted between them (this saves time).

- Powerful crossfade editor can make "impossible”
edits, cutting editing time by over 50% compared to
“standard” workstations.

- Integrated cleanup (restoration) facility for
declicking and denoising.

- The project supports multiple sample rates, which
switch automatically according to which EDL is
opened. Track markers created at one sample rate can
be managed in a new session of a different rate (this
saves alot of time).

- Clips with different wordlengths and file formats
(e.g. WAV and AIFF), interleaved and split files can
co-exist in the same EDL.* (There is no such thing as a
16-bit or 24-bit session.)

- Conversion is not needed when importing any audio
format, except for sample rate conversion. DAW
natively (or via plug-ins) supports export to WAV,
AIFF, FLAC, mp3, AAC.

- Integrated dithering. Separate types of dither and
dither wordlengths are available on each output (dither
is explained in Chapter 15). It is easy to add dither
when necessary to output to a master file.

- The waveform shows the effect of a fade and
optionally a level shift.
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- Nearly instant waveform display as each new file is
brought into the project (this saves a lot of time).

- Fades are calculated on the fly, and a crossfade can be
any length (this allows easy and smooth creation of long
crescendos or decrescendos).

- Some mixing facility, for example, to integrate room
tone or to perform segues, to add simple overdubs, or
mix stems.

- Object-based processing (available in Sequoia) speeds
up the mastering of individual segments or songs,
compared to standard “rubberband” automation.

Other criteria appropriate to picking a DAW include
software and hardware reliability and economic stability
of the company, a well-maintained support structure,
the presence of a user group, and ability to submit
feedback. All these measures raise the short-term
purchase price of a good workstation, but greatly lower
the long-term cost of ownership.

Mastering Esthetically

Until about 1967, mastering engineers were “the men
inwhite coats” who cut the records and were not allowed
to be creative.® Historically, mastering was part of the
transfer process, in translating the mix tape so that the
record sounded like the mix. Today it is still our goal to
present the mix in the best possible way. We should not
attempt mixing and mastering at the same time because
it defocuses from the goal of mastering.

Our current role falls into one of three basic
caltegories:6

1) The mix is done. The mastering engineer may make
modest EQ correction, but nothing that would change
the mix. Usually the engineers that bring in these types
of mixes are very good and have achieved what they want
to hear in the mix process.



2) The mix is done, but the producer wants something
to happen...

3) The mix ends up not being what the engineer or
artist intended, and they are now looking for major
changes in mastering.

Every piece of music is unique, and requires an ap-
proach that is sympathetic to the needs of that music,
the producer and artist. A good mastering engineer is
familiar with and comfortable with many styles of mu-
sic. She knows how acoustic and electric instruments
and vocals sound, and she’s familiar with the different
styles of music recording and mixing that have evolved.
In addition, an experienced mastering engineer knows
how to take a raw recording destined for duplication,
determine what may be lacking, and help make it sound
like a polished record. She should also know when to
leave a project alone.

By sympathetically listening to, and working with,
the producer, the engineer can produce a master that
is a good combination of her ideas and the producer’s
intentions, better-sounding than if the engineer had
simply mastered on her own. The best masters are
produced when both the producer and the engineer
consult with each other and are willing to experiment
and listen to new ideas. As this book progresses, we'll
cover esthetic mastering approaches, from the purist to
the extreme.

Mastering for the Internet
(Streaming and Digital Delivery)

No additional preparation is needed for masters
destined for digital download, though level issues
should be considered as we will discuss in Chap-
ter 16. Original masters are high-resolution files,

which should then be
downsampled or data-rate-
reduced to the final format.
There is an advantage to
coding an mp3 or AAG from
a32- or24-bitfile, since

it will have subtly better
sound quality than from
a16-bit source. My book
iTunes Music has many
helpful hints on the practice
of preparing and coding
master files for iTunes, and
by extension all the down-
load services.

Mastering Without a
Producer Present

To help make the
mastering process
smoother, I suggest alisten/
evaluation prior to the ses-
sion and a discussion of the
producer’s goals. Then we
can master quite com-
fortably even without the
producer or artist physically
present. After the master-

ITEEE|

Ref No Task: StudioB

| 32646 Loadin notes & Client notes L
Task details g
Songs Needing Fadeout applied: |2
Emma's Attick

Get Her Into Shore

John

Teaching My Son How To Sail

Liyanna

'When We Danced At The Farewell Ball
'The 'Catherine Doyle'

Request to Bob:

For "When We Danced At The Farewell Ball" | gave
you a version with a two measure intro and would
prefer that the song begin without these two
measures. If you could, | would appreciate simply
starting the song at the right point just after those two
measures.

/Also, on "Cape Breton (Yes, I'm Coming Home)," you
will notice there are birds in the background. While
tthis was because the window was open in the
Springtime, | kind of like that so would ask (what the
heck...) if you would keep these in the master.

This log is part of a

comprehensive database. [t

ing session, we'll send a reference disc or WAV files for
. . tains load-in notes, which
their approval before cutting the master. Usually by that e

) serve as a guide for mastering.
time, we are enough in sync, needing perhaps to make

just minor changes, so there is no need to produce a
second reference.

No Mastering Engineer 15
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Routing Notes ==

) ‘Edit Temblate

__Load Template _

Weiss Comp B ME m1 to
Forssell DAC out to

(o]

A nice “ambient style” club in the box mix which | opened up and made a bit more mysterious and bigger, but the changes are subtle.
Revel mon -10 to help clubs but it will still be low

Sources upsampled to 3296 using Saracon

Sequoia at 96K all locked to Forsell ADC, 24 bit mode 24 pwr-1 dither
Unprocessed duplicate of track 1 placed in the bottom track going out Sequoia 7/8 for source monitoring
Z Sys Route is “DRC Mastering”
All routing in MADI with Totalmix saved as preset #8 in the project folder. Sequoia snapshot “Insert-Loopback” is chosen.

Equilibrium, lowender in the mixer out 3/4 to

ES-8 In: Input full, TH 3/2.5, Output 4.8/4.6 , Manual, Attack 10/10, Rel 2/2, split. SC filter is IN (100 nF).
oning all else bypassed. With th off, output on ADC return is 2.7/2.7 K-14 meter, with thr on it/s 1.5/1.5. Therefore GR is 1.2 dB

Bettermaker EQ-230P In: Eprom #2 Memories # 21

0

Dangerous Bax In: 0.5 @ 18 kHz

(o]

Forssell ADC: Note ADC has +1 dB gain to facility clipping ADC. If not trying to clip, reduce output level of DSB going into the

DAC!

Return into Sequoia “from MADAC" to capt 2496 prelim
nd out Sequoia to TC E2 doing 1 dB Loud (load a generic scene) to

Return into Sequoia from TC 3/4 to capt 2496 mast and out Sequoia 1/2 to
idownsample via Saracon at -0.2 dB GAIN to 3244
playback through x dither in a snapshot in Sequoia instance #2

PQ Lists

The name PQ comes
from the letter-code abbre-
viations for the information
contained in the subcode of
the Compact Disc. The P flag
is the most primitive flag; it
changes state to indicate the
beginning of a new track.
The Q subcode contains
information such as timing
and program length, copy
prohibit or permit, em-
phasis condition, and ISRC
codes. Although a written
PQlog is a redundant paper
version of what's on the
master, responsible replica-

Mastering log containing routing  \f ] Logging and Metadata

and analog processor settings.
Digital processor settings are
loaded from a Sysex dump.

At Digital Domain, we keep everything organized
with a networked Filemaker Pro database contributed
to by the mastering engineer, assistant and office man-
ager. Metadata means “data about data.” The database
keeps track of the metadata information provided by
the record label or artist, such as ISRC codes, album
catalog numbers, and barcodes. Each step in the mas-
tering process must be logged to make sure we meet the
client’s needs on time.

Every mastering engineer has a different approach,
but the object of all logging is to be able to reconstruct
what was done during the session so as to make revi-
sions or changes easier. As seen here, the log contains
load-in notes, processing including monitor gain,
engineer’'s comments, and processor settings.
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tion plants require it so they
can see the track titles and the engineer’s comments,
and verify that the physical master in their possession
is the correct one —all part of good QC practice (see PQ
list on the next page). If there are any discrepancies, the
plant should call the engineer. An exceptional plant will
even note noises or over-levels, and ask for engineer’s
approval before pressing. Still, the major burden for
quality control falls upon the mastering house.

EAN and ISRC Codes

The EAN code is also called Mode 2 dataand is a
barcode that contains information about the product,
usually the entire record album. This 13-digit barcode
is physically printed in the matrix (center) area of a CD
and can be encoded in the subcode area by the DAW
creating the master. EAN is a superset of the older,
12-digit U.S. UPC code, so older U.S. codes can be



converted to EAN by adding a o at the left; the rightmost
digit, the checksum, will remain correct. EAN is not
required on the CD master, but if I'm given the code,

I will enter it and also cross check that the numberis a
valid barcode. Use a check digit calculator to confirm
the value of the check digit at the end of the number,
which requires some interesting detective work. If
given an 11-digit number by a U.S. company, consider it
tobe a U.S. code without the checksum. Use the calcula-
tor to determine the checksum, and add a o at the head.
If given a 12-digit number by a U.S. firm, remove the
last digit and throw the first 11 digits into the calcula-
tor; if the check digit matches theirs, then add a o at the
head. If given a 12-digit number by anon-U.S.-label,
they may still be using U.S. codes, so put it through the
same test. If the check digit does not check out, then
generate the 13th (check) digit in the calculator. If given
the full 13 digits, enter the first 12 into the calculator
and verify the check digit. Our database calculates and
checks the EAN code automatically.

The International Standard Recording Code,
provided to record labels by the RIAA, is a unique code
for each track on the album. Theoretically this allows
automated logging systems to be used at radio stations
to track copyright ownership/royalties, but this was only
true in the days when radio broadcast music CDs (most
radio stations have converted to playing back audio
files). The record label provides the codes to be entered
for each track. ISRC contains exactly 12 digits; only the
digits without any dashes should be entered in the DAW.
For example, in the ISRC code: ES-BO1-01-10503, the
first two digits are the country code (in this case, ES for
Espana), and the next three digits are the code for the
original issuing record label. The next two digits are the
year the song was released, and the last five are record -

Label Emusica Records, LLC Date 1/7/2006
Title El Rey Del Bajo Source @ Analog O Digital
Artist Bobby Valentin Format CD Audio

Cat# 87731300002
UPC/EAN 0877313000023

Mastered by: Bob Katz. This master was created on SADIE ver. 5. All levels, fades, & PQ

times are client-approved. Please do not alter in any way. Please refer all technical questions

to Digital Domain at (407) 831-0233.

Tno Ind Start Time PQ Duration CD Time PQ Time

NS Hag Craneo USDBB0600010
0 00:02:55.67 00:00:02.00 00:00:00.00 00:02:54.67
1 00:02:57.67 00:03:54.04 00:00:02.00 00:02:56.67

2 02 Arenas Del Desierto USDBB0600011
0 00:06:50.66 00:00:04.18 00:03:56.04 00:06:50.71
1 00:06:55.26 00:04:02.17 00:04:00.22 00:06:55.14

3 03 Guaraguao USDBB0600012
0 00:10:57.26 00:00:03.37 00:08:02.39 00:10:57.31
1 00:11:01.05 00:03:29.44 00:08:06.01 00:11:00.68

4 04 Mi Ritmo Es Bueno USDBB0600013
0 00:14:30.32 00:00:03.17 00:11:35.45 00:14:30.37
1 00:14:33.66 00:05:42.72 00:11:38.62 00:14:33.54

5 05 Codazos USDBB0600014
00:20:16.46 00:00:03.26 00:17:21.59 00:20:16.51
1 00:20:20.14 00:03:58.43 00:17:25.10 00:20:20.02

6 06 Cuando Te Vea USDBB0600015
0 00:24:18.40 00:00:03.25 00:21:23.53 00:24:18.45
1 00:24:22.07 00:05:25.39 00:21:27.03 00:24:21.70

7 07 Esgerame En El Cielo USDBB0600016
0 00:29:47.29 00:00:02.15 00:26:52.42 00:29:47.34
1 00:29:49.61 00:04:44.39 00:26:54.57 00:29:49.49

8 08 La Vibora USDBB0600017
0 00:34:34.08 00:00:04.49 00:31:39.21 00:34:34.13
1 00:34:38.74 00:04:19.14 00:31:43.70 00:34:38.62

9 09 Aqui No Me Quedo USDBB0600018
0 30:38:57.71 00:00:03.19 00:36:03.09 00:38:58.01
1 00:39:01.32 00:03:49.64 00:36:06.28 00:39:01.20

10 10 Coco Seco USDBB0600019
0 00:42:51.04 00:00:03.25 00:39:56.17 00:42:51.09
1 00:42:54.46 00:03:36.39 00:39:59.42 00:42:54.34
AA 1 00:46:28.73 T00:43:36.06 00:43:36.06 00:46:30.73

ing codes assigned to the version of the song itself. That
is, Elton John's version of Your Song will have a different
ISRC code from any cover of the same song. As long as
asongis not edited or remastered, it should retain the
same ISRC code, even if the rights are sold to another
record label; ISRCs are for tracking, and may not reflect
the current owner of the title. There is much confusion
at labels over ISRC, and I have seen alabel who bought
another label’s assets convert the ISRCs of the tunes
over, although this was not necessary. Again, the ISRC
does not define the current owner of a song, and it’s OK
to have the initials of the original label in a song’s cur-
rent ISRC.

No Mastering Engineer
Is An Island
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PQ Listing showing engineer’s
comments, track times, ISRC codes

and other information



CD Plant Read Me Please

We have uploaded a DDP image
file to your site for cutting a
CD-A.

The title is . There are
tracks on the CD-A and
the total lengthis _____.

A PQ sheet is included and we
DO want CD Text to be encoded
on the master. ISRCs and EAN
are also encoded in the DDP
file.

Please use the MD5 checksum
included to verify the integrity
of the image.dat file.
****P|ease note, this file is
NOT for cutting a CD-ROM,

it is for duplicating audio

CDs! ! *%%*

For all technical questions,
please contact .... at.....

FAN and ISRC are also required by vendors provid -
ing Internet downloads, but mastering engineers are
not responsible for them. ISRC codes currently cannot
be put into the metadata of WAV or AAC files (though
this is changing even as this book goes to press). They
are directly readable from a physical audio CD. There-
fore, ISRC cannot currently be used for credit check
during Internet streaming of AAC files. Still, vendors
usually require the ISRC code for internal tracking and
our clients will have to provide it to their vendor.

CD Text’

CD Text metadata displays song title, artist, album
name, and genre on specially-equipped CD play-
ers, most often those found in cars. The term is very
misleading for clients who pop their CD reference into
iTunes, and expect to see the titles. In fact, iTunes and
Windows Media Player get their title and artist data
via a database on the Internet and most computer and
CD players do not read CD Text from the disc.® CD
Text is supposed to fit the [ISO-8859-1 standard, which
includes special characters and accent marks — but only
if you want to be daring! In reality, car players around
the world produce nonsense characters when they see
anything that is not simple ASCII text (no curly quotes,
either!), so specify English language, remove special
characters, and use the printable characters of the an-
cient 128-character basic ASCII set, or you will be sorry.
There is a character limit of a little over 3ooo charac-
ters: your DAW should keep track of this automatically.

Although modern mastering DAWs can cut masters
with CD text, notify the plant in advance if CD text is
incorporated into a project as by default they turn off
this facility to prevent spurious characters from being
encoded on the pressing. I always send a read-me letter
with these kinds of requests (see sidebar).
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VII. Media Preparation, Verification,
Backups
Mastering Output Formats for CD-DA

While we can accept input (sources) in nearly any
format for mastering, only two output formats are suit-
able for replicating CD-Digital Audio (CD-DA) discs:
CD-DA (on CDR media), or DDP files (Disc Descrip-
tion Protocol image file, sometimes abbreviated DDP1)
which can be placed on data disc or uploaded to the
plant via FTP.? DDP is the more reliable format (nearly
foolproof), because it is file-based and files can be
compared against a master file for 100% data accuracy.
Less reliable is CD-DA, first because it has less robust
error correction than a data disc, second because there
is no easy way to verify that a CD-DA copy matches the
source, and third because clients can play CDR masters
(though they shouldn't), and possibly mishandle them
or leave fingerprints. Our procedure is to “seal” the
CD-DA master in a plastic bag marked “to be opened
only by plant personnel”.

There are usually 5 files in a DDP fileset (version 2),
the most critical being the audio image file image. DAT.
Auxiliary files ddpid, ddpms, cdtext.bin, and pgdesc carry
the PQ codes, CD text, version and ancillary informa-
tion. Some applications use slightly different terms
which are also accepted by the plant. Since DDP is file-
based, it is customary to include a checksum along with
the file set to test for possible corruption during hard
disk or Internet copying. The procedure is to calculate
an MDj as soon as the master is made, save that infor-
mation in a small text file, and pass that file along with
the master wherever it is copied. A verification program
then compares the MDj listing against its calculation
of the copy, and if they match, then the data must be
identical.”® It also reports if any of the files are missing.




Once a DDP file (or a CDR copy of the file) has been au-
ditioned and approved, it can be copied or transmitted
as many times as desired, then checked at the receiving
end against the MDs5, so every file is a legitimate master,
for pressing in different countries if desired. As further
protection, the entire DDP fileset should be zipped
before transmission.

DDP files can also be delivered physically on a
data disc, which must be labeled very carefully as the
master for producing audio CDs, or else the plant could
produce thousands of unplayable coasters with data on
them. A CDR rated for 8o minutes of CD audio can hold
a DDP image of about 69 minutes, because a data CD
holds less data and uses more error-checking. Switch
toa DVD-Rblank to send an image of alarger audio CD
and, again, label it carefully as a master for producing
CD Audio discs.

Atright is a listing of a DDP fileset ready to be sent
for replication, plus MDs5, a readme file and a PQ list for
the comfort of detail people at the plant.”

The master cannot be edited; it must be recorded in
one continuous pass, under the control of a computer.
Some recording engineers attempt to deliver “masters”
on CDRs recorded on a stand-alone CD audio recorder,
but this is usually unsatisfactory because of the inac-
curacy of the track points, the inability to put separate
- track end marks (which creates extra-long track times),
and the E32 errors introduced every time the recorder
stops its laser (breaking "one continuous pass” rule).

References for Clients

Technology is progressing faster than a speeding
locomotive, uh, Space Shuttle, err... And we audio
engineers are quick to pick up on the changes. In the
past few years, the number of physical CDR references

& CDTEXT.BIN

M CHECKSUM.MDS5

M DDPID

MR DDPMS

fa] IMAGE.DAT DOP fileset

= PQDESC iy

“X Read me re Songs of Townes Van Zandt Vol ll.pdf = read me file,

X Songs of Townes Van Zandt Vol Il PQ list.pdf PO List, and
MD5 checksum

I have sent to clients has dropped to almost zero, as has
my Fedex bill, thank goodness. Thanks to the speedier
Internet and the ingenuity of a single company I can

now send electronic references to clients. A company
called Sonoris has created a method of sending a secure
DDP and a playback engine to go with it, as well as the
ability for clients to cut their own CDR references. In
short, first we make a standard DDP, which is ready for
factory replication. Then we run the Sonoris application,
which makes a secure copy of this DDP, one that can only
be opened and used by our client. The client receives

a Sonoris DDP player, which allows him to open this
encrypted DDP, play it in his computer, inspect all the
metadata (titles, ISRC, etc.), and then cut a CDR refer-
ence. The application runs on either Mac or PC. Since
this is an exact copy of the DDP master, the client has
effectively approved the master. Still, we must QC the
DDP master ourselves.

Listening Quality Control

Atthe end of the "How many times will you
puo]e iy contnl need to QC the masters when
testing may be performed

by a separate engineer, who
must have musical/artistic
ears, technical prowess,
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delivering a boatload of differ-
ent formats? Only a fool won 't
listen to them all. " — Bos Orusson
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MYTH:
An audio load-
back/null test

shows the

integrity of a

I CD Master.* I

“If a single unacceptable tic or
noise is discovered anywhere in
a master, the full-length master

has to be remade and listened to/
evaluated. There is no shortcut.”

and also a lot of common sense: since the project has
already been auditioned by the mastering engineer and
producer, presumably all the noises were accepted,
perhaps even welcomed as “part of the music.” But if

a single unacceptable tic or noise is discovered any-
where in a master, the entire master has to be remade
and listened to/evaluated. There is no shortcut. During
the QC listen, which is done with headphones, he may
hear noises or problems that were not picked up in the
mastering studio. For example, small dropouts on one
channel are often masked in loudspeakers. He notes
the time of each offending noise, and if it is suspi-
cious, compares it with the original source to see if the
problem was introduced during mastering. He would
then bring questionable noises to the attention of the
mastering engineer. Mastering Engineer Bob Ludwig
suggests that headphone listening becomes essential
when the number of channels multiplies. Potentially
embarrassing noises or glitches hidden in the surround
channel when auditioned on loudspeakers become
quite audible when that channel is isolated in a pair of
headphones. To complicate the situation even further,
one consumer might be listening to all channels using
surround headphones while others might be hearing
stereo reductions (fold-downs). Clearly, a surround
master requires much greater attention to detail, and
costly time to evaluate, requiring several hours to QC an

hour program, including any extra passes necessary to
check a fold-down!

QCincludes en-
suring that the songs
are inthe proper
place, based on
client-supplied lists
of the song lengths,
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lyric sheets, etc., and that the correct master goes out
for duplication. We must be especially wary of misiden-
tifying individual CDs of a multiple CD set. Today, with
albums in multiple formats — CD, files for download, LP
masters, etc., in theory there is no shortcut: each mas-
ter must be auditioned. But this can be tremendously
time-consuming and costly —and often indie clients
cannot support the cost of QC’ing every delivery format.
An LP master, plus a CD master, plus an iTunes master
means 3 hours of QC time! If the budget does not allow
a QC of all the masters, then we must inform the client
of the risk. Because of the cost of the media, CD or LP
masters should always be proofed, but we can be more
lenient with files used for upload, since they can be
more easily replaced if a problem is found later.

The responsibility for QC must be accepted by
someone. I require the client to sign off on every
master, so our QC process is for safety, and we usually
catch far more problems than the client. The object
is to bring the problems below the consumer’s radar.
There is usually no press proof except when very large
quantities are involved. Pressing plants used to have
rooms where masters were critically listened to, priorto
glass mastering. But now, when the master arrives at the
replication plant in physical or electronic form, it will
likely be copied at high speed to the factory’s central
server: no one at all listens during glass mastering.

The day has come when the home consumer is the first
person to audition the product!™

Objective Media Verification/Error check

Audio File verification: Since we're in the business
of making masters, we tend to be paranoid about data
integrity. DDP files and WAV files do not use error-cor-
rection algorithms, which underscores the importance
of zipping and/or MDss. Some mastering DAWs have



begun to natively support the lossless FLAC format,
which does use error-correction and is therefore
much more reliable. The first level of protection is
that, if any FLAC frame becomes corrupted during
transmission, the DAW will know during playback
and should notify the user. The second level of
protection is that a DAW can confirm that the entire
FLAC file is an exact copy of the original audio data.
FLAC files are not only safer, they are significantly
smaller in size than WAV files, so there is no need to
zip a FLAC file for transmission. Apple audio appli-
cations do not support FLAC, and can use alossless
format called ALAC. I've read conflicting reports
about whether Apple’s ALAC format is as reliable as
FLAC, but Apple themselves consider ALAC to be
robust enough to use for their master storage. Switch-
ing to FLAC or ALAC would definitely improve the
reliability and speed of procedures.

Optical digital media verification: Optical discs
are susceptible to data dropouts that cause errors.
This is why all the optical digital audio storage formats
utilize error correction algorithms.‘B Uncorrected
errors result in glitches, clicks, or mutes. Normally,
when playing a disc, we do not know how much er-
ror correction is going on. It can sound great, but
the disc could be near dying! If the error correction
system is working hard, the next time that disc is
played, a speck of dust or laser alignment problem,
or simply wear and tear, could cause a signal dropout
during playback. Our job is to look behind the scenes
using specialized measurement tools. Listening without
measurement is like having a doctor look at the patient
without taking his temperature. So media verification is
the internal examination!

Test Results
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There is also the issue of error concealment, which
is the last defense mechanism in digital playback. If
there is an uncorrectable error of fairly short duration,
instead of muting, the playback machine interpolates

between the audio level before and after the error. Short

bursts of error concealment can be virtually inaudible

or smooth the sound pleasantly, but professionals never

use a master medium that is so degraded. So we verify

No Mastering Engineer

CD-DA Report from Plextools Pro.
Note the extremely low average (1
(BLER) value of 0.2, since peaks

of up to 200 are acceptable by the
factory. The peak of 12 in a given
second occurs at around 25 minutes
as can be seen (n the graph.
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“You're always one
generation behind in
your auditioning. Unless

you proof the copy!”
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our media with evaluators like the
standalone Clover System or Plex-
tools Pro, which runs on a PC and
requires a Plextor brand writer.

We call correctable errors soft
errors, and uncorrectable errors
that would mute or interpolate on playback are called
hard errors. Soft errors on CD-DA are correctable in
two layers of defense: C1 and Cz2. Hard errors are known
as CU. If the C1 correction fails, Cz takes over, and if
that fails, a CU error occurs and the player goes into
error concealment. If error concealment fails, then the
player will mute for a period of time. For replication
masters, we do not allow any Cz or CU errors, though
we may accept a reference CD that has an occasional Ca.
And for further comfort, we count the average number
of C1 errors per second, also known as BLER (block er-
ror rate). CD plants permit BLER values up to 200, but
our in-house standard is no more than 5o, which allows
a CDR to age and deteriorate with a margin of safety.
Another conservative mastering house accepts BLER up
to 100. As we can see from the Plextools error report on
the previous page, this master has a remarkable BLER
level of 0.2. Avery good CD can have a BLER lower than
10, yet CDs will still play with BLERs of 1000 or even
above—which illustrates how robust the error correc-
tion system is for CD-DA. Data discs use an additional

layer of error correction since data cannot be interpo-
lated like audio."

When the CD-DA master reaches the plant, it will be
error-tested again and copied to hard disk. However,
there is no error testing during the copy to hard disk,

which I have already noted is the fundamental dif -
ference in reliability between CD-DA and DDP." The

Chapter 1

plant simply assumes that a CD with a low error rate will
transfer dependably in a reader that’s in good condi-
tion. Millions of CDs have been successfully mastered
from CD-DA masters with no problems. But an error
test is no substitute for listening back to the master,
since when cutting the master, there are many electri-
cal components in the chain after the audition point.
You're always one generation behind; if you listen while
making a copy, you've only proofed the generation in
front of it.

By the way, every computer CD-DA copy is effec-
tively an original, because soft errors do not accumulate
when copying; the C1 and C2 errors from the source are
corrected and the new disc will have its own error count.
If, however, the source disc has a hard (uncorrectable)
error, amute or a glitch will turn up on a computer copy.
Keep in mind that when listening to the disc the error
will be interpolated and will not produce an audible
glitch. Preparing and error checking DVD-R masters
forvideos is a specialty not covered in this book.

Backups/Archives/RAIDs

An automated backup program backs up the entire
network to a safety hard disk, including audio logs and
sequences as well as all the mundane items such as word
processing and accounting. Since computer systems
and processors are rapidly evolving, we also keep a
high-resolution capture file of the master just in case
the processor settings can’t be recovered.

After a project is finished, we wait until the client
has approved the master (usually by listening to a copy
of the master). We make an in-house backup of the
audio and EDLs on hard disk and then may delete the
audio material from our main hard disks. This backup
is mostly in case a revision is requested.




We have several servers at our mastering studio.
Each one uses a RAID format, which means that the
hard disks contain redundant information in case
one or more fails. A RAID is not a backup, itis only a
protection in case of disk failure. Data is not data unless
it's kept in more than one place! In addition, we have
further fail-safes, as we cannot afford any down time
or loss of data. The first fail-safe is a complete mirror
RAID of the audio and document server. This mir-
ror duplicates the source every hour on the half hour.
Though it is up to an hour behind, this is an advantage
in case someone does something stupid and if he real -
izes it in time, the last saved copy is on the mirror. We
also have a protection from accidental and intentional
deletes (it's real easy to hit the delete key on a PC). Any
file that was deleted and previously mirrored moves
into a special folder on the mirror machine and is kept
there for 3o days. This has saved our lives numerous
times. In addition to the mirror, we keep an incremen-
tal backup of all computers’ document files (not audio
files) on a server maintained by an application I recom-
~ mend called Crashplan.

I highly recommend a PC-based program called
ViceVersa for backup, synchronization, replication and
comparison. We use ViceVersa for audio file backup,
moving files off of the audio server about 3o days after
the client approves the project. This is helpful in case
the client decides to revisit a project in the future, for
example, to reuse a single from a previous project in an
upcoming album. ViceVersa is a big improvement over
Windows Explorer and the Mac Finder. ViceVersa keeps
track of all the files in a group and reports if they were
successfully copied, so there are no more missed files
(take that Windows, take that Mac!). ViceVersa can use

a checksum readback method to confirm that a backup
is complete and accurate. As usual, visit the links page
mentioned in the Introduction for further reference to
archive formats and techniques.

The critical difference between a backup and an
archive is that an archive is copied to a medium that is
supposed to last along time (3o years or more). Some
record labels require full backups of the masters and
work product, often on DVD-R. What they really intend
to mean is "archive”. However, if “archive” means “100
years”, then hard disk is definitely not an acceptable
archive format, nor is any other magnetic or chemical
medium. In fact, the best archive of a music CD is the
pressing, which could last hundreds of years. Today
perhaps the safest long-term archive medium for files
is a flash drive, as long as you copy to two of them, and
migrate to another medium every 10 years! The next
question is whether the equipment will still be around
to read the files in ten years?

It is doubtful that the DAW software will be able to
read the sessions, especially if plug-ins were used.
Make an archive of the final product and don’t expect to
be able to perform revisions long-term. The idea of full
data recovery is truly an illusion.

The last 10% of the
job takes 9o % of
the time.

No Mastering Engineer
Is An Island
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1
The Slim Devices Squeezebox, introduced November 2003, discontinued
circa 2010. The concept lives on in devices like the Bryston BDP-1 or Weiss
MAN3o1.

2
The encoding includes EFM modulation and error correction information.
Further references can be found in the links.

3

Here are real horror stories from the trenches: One mastering engineer
reported a situation in which another house added the CD-ROM portion to
an extended CD, and somehow in the process, changed the audio quality of
the audio portion. Never assume that everything will be fine when the mas-
ter goes out the door, even to the extent of (on critical projects) approving
and testing the final product. It is possible to do null tests or bit-for-bit
comparisons, which compare the original audio master against the final
pressing, ensuring that the audio data had not been altered after leaving
the mastering house. In another situation, a less than reputable plant cop-
ied all incoming masters using a consumer-based program, which auto-
matically shortens tracks to the end marks, then puts 2-second silent gaps
between all the tracks. So the final pressing of a beautifully-engineered
live concert sounded like it was edited with an axe!

4
It took Pro Tools many years to add this feature, so it has finally become
more useful for mastering.

5
Emerick, Geoff & Massey, Howard (2006) Here, There and Everywhere: My
Life Recording the Music of the Beatles.

6
Originally suggested by Trevor Sadler, via email and webboard, 2005.

7
Thanks to mastering engineer Jim Rusby for being the original resource on
CD Text for the first edition of this book.

8

IniTunes, when a CD is inserted, the Gracenote database is accessed by
default (this preference can be turned off). The database counts the num-
ber of tracks on the disc, their lengths, and spacing to determine the name
of the album, which has caused a few embarrassments over the years (such
as when a Christian singer discovered her album came up as hip hop).
Currently the best solution is to add or subtract even a frame of space any-
where on the disc until it looks unique to Gracenote. Any iTunes user can
submit information on a CD to Gracenote, so it is advisable for the record
company to beat the consumers to the punch by uploading data before the
CD is released. Content owners can apply to become Gracenote partners,

Backups? We
don 't need no

ba&*g u.

Chapter 1

which gives them upload priority and allows them to lock consumers out

of potentially disturbing the listing of a title. Some mastering houses have
the Gracenote Content Provider application, and can provide the service of
uploading correct data to Gracenote. Thanks to Glenn Meadows for helpful
tips.

9

The PCM-1630 and DDP on Exabyte tape are obsolete. The master medium
used for DVDs is either a DVD-R disc, or DLT (Digital Linear Tape).

10

The slim chance of two different files having the same MD5 is 3 x 10 to the
minus 39th power! Therefore, MDj is extremely reliable and I recommend
using it when moving large groups of files from server to server and before
erasing the source! On the PC, a shareware program called Advanced
Checksum Verifier is easy and convenient to manage MDss. Visit the links
page for more suggestions.

11

There are two versions of the DDP protocol. Version 2 can carry CD text
information and is now accepted by every major CD plant.

12
Thanks to Mike Collins, One To One Magazine, November 2001, and to vari-
ous discussions on the Mastering Webboard, for inspiring this section.

13
Hard disks generally do not require error-correction, since their error
rates are extremely small.

1

Ironically, there is no correlation between a disc’s error rate and its
readability in a given player, especially delicate players like those in cars.
The measured RF signal level is a better measure of a disc’s readability;
unfortunately, Plextools does not measure RF level.

1

Tshis is the case unless the replication plant adds a custom error-reading
interface to the CD-ROM reader which is used to rip the CD-DA to hard
disk. The DDP file is copied to the plant’s server without any error cor-
rection (like any other file copy). After that, plant personnel should run
the MDs5 utility to confirm this last and most important copy matches the
original source file.

16

On the contrary, the null test proves only that there were no uncorrectable
errors: it is not a measure of media reliability or error-count. The null test
is post the error correction. You could be one bit away from failure and not
know it. The next time an error-prone disc plays, there could be an inter-
polation or a mute if the error count is high. Thanks to Glenn Meadows for
pointing out these facts.
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CHAPTET 2
n Earientation
) ession

I. Introduction

Ear training is actually mind training, because the
appreciation of sound is alearned experience, and the
more we experience, the more we learn. Although to our
modern ears, Edison’s acoustic phonograph gave a crude
representation of the original, its first listeners felt that
its reproduction was indistinguishable from real life. It
is only with each advance in the state of the art of sound
reproduction that people become aware of the shortcom-
ings of the previous technology. For example, whenever
I'work at a very high sample rate, and then return to the
“standard” (44.1 kHz) version, the lower rate sounds
worse, although after a brief settling-in period, it doesn’t
sound that bad after all (See Chapter 23).

Aswe become more sophisticated in our approach to
listening, we develop a greater awareness of the subtle-
ties of sonic and musical reproduction. We can also grow
to like a particular sound, and each of us has slightly dif-
ferent preferences, which vary over the years. When I was
much younger, I liked alittle brighter sound, but from
about the age of 20, I've tended to prefer a well-balanced
sound and recognize when any area of the spectrum is
weak or over-present.

A mastering engineer requires the same ear training
as a mixing engineer, though the mastering engineer be -
comes expert in the techniques for improving completed
mixes, while the mixing engineer specializes in improv-
ing the mix at the level of the individual elements that
make up the whole. Ear training can either be a passive or
ahands-on activity. Passive ear training goes on all the
time (“what a tinny speaker in that P.A. system”), while
active ear-training occurs while your hands are on the
controls. Make passive ear training a lifelong activity — it
will increase your ability to detect fine sonic differences.



"Make passive ear training
a lifelong activity.”

26

Practice being more consciously
aware of the sounds around you
and identifying their character-
istics. Acousticians and classical
recording engineers can’t help
judging the reverberation time of
every hall they enter.

Hands-on ear training is the process of learning how
to connect technique with the sound you have in your
head; like all skills, developing hand-to-ear coordina-
tion requires practice. Before working on a piece of
music, try to imagine the sound you're trying to achieve,
and have a definite sonic goal in mind. Sometimes even
if we don’t know how we're going to solve a problem, a
clear goal can keep us from fumbling.

Il. Speaking the Language

The classic chart folded into the front cover of this
book was hand-drawn in 1941 by E.J. Quinby of room
8o1 within the depths of Carnegie Hall." We've re-
produced it for the benefit of musicians who want to
know the frequency language of the engineer, and for
engineers who want to speak in a musical language.
Sometimes we'll say to a client, “I'm boosting the
frequencies around middle G,” instead of . . . “around
250 Hz.” Learn a few of the key equivalents, e.g., 262 Hz
represents middle C, 44.0 is A above middle C, and then
remember that an octave is a 2x or 1/2x relationship. For
example, 220 Hz is the frequency of Abelow middle C
in the equal-tempered scale. The ranges of the various
musical instruments will also clue you to the charac-
teristics of sound equalization — next time you boost at
around 225 Hz, think of the low end of the English horn
orviola.

Chapter 2

Although it helps an engineer to have played an
instrument and be able to read music, many successful
engineers can do neither, because they have good pitch
perception, can count beats, and understand the musical
structure (verse, chorus, bridge, etc.).

The chart on the next page is a graphic representa-
tion of the subjective terms we use to describe excesses
or deficiencies of various frequency ranges. Excess
of energy is shown above the bar, and a deficit below.
The bar is also divided into eight approximate regions,
though there are no standard terms for these divisions:
what some people call the upper bass, others call the lower
midrange; what some call the upper midrange, others call
lower treble. Notice that we have more descriptive terms
for areas that are boosted as opposed to those that are
recessed. This is because the ear hears boosts or reso-
nances more easily than dips or absences.®

With an equalizer, the sound can be made warmer in
two ways: by boosting the range roughly between 200 and
600 Hz; or by dipping the range roughly between 3 and
7kHz. These two ranges form a yin and yang, which we’ll
discuss in Chapter 4. Another way to make sound warmer
(orits converse, edgier) is to add selective harmonics, as
described in Chapter 22. Too much energy, and/or dis-
tortion, in the 4 to 7 kHz region can cause an edgy sound,
especially with high brass instruments. Another com-
mon term (not on the chart) is tinny, which is probably
the same range as edgy, but less prominent. Extra energy
in the lower midrange, or a strong upper midrange, can
add what we call presence to a sound, but too much can
sound fatiguing or harsh. If the sound is edgy, it can
often be made sweet(er) by reducing energy in the 2.5 to 8
kHz range. Too much energy in the 300-800 range gives
aboxy sound; go up another third octave and that excess
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is often termed nasal. A deficiency in the range from
roughly 75 to 600 Hz creates a thin sound.

lll. Exercises
Ear Training Exercise #1:
Learn to Recognize the Frequency Ranges

This is an exercise in the perfection of pitch per-
ception. To have perfect pitch means you can identify
each note (or feedback frequency) blindfolded. But
this ability is not just a trick: if you learn how to identify
frequency ranges by ear, this will greatly improve your
equalization technique. [ used to practice until I could
automatically identify each 1/3 octave range blindfold -
ed, but now my absolute pitch perception is between 1/3
and 1/2 octave, which is about what you need to be fast
and efficient at equalizing. Start ear training with pink
noise and then move to music, boosting each range of a
1/3 octave graphic equalizer until you can recognize the
approximate range. Take a blindfold test, with a friend
boosting EQ faders randomly. Don’t be dismayed if at
first you're only accurate to about an octave: even this
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will get you close enough to the range of interest to be
able to better “focus” the equalizer.

Now let’s see how well your musical training lets you
be a better engineer. Check out my video Bass Frequency
Surgery. Not every engineer has been a musician and not
everyone can take advantage of the ability to identify
musical notes and find the frequency on the Carnegie
Chart. But every engineer should know at least the gen-
eral frequency ranges and how they relate to each octave
on the piano. Even if you don’t play, if you recognize
the notes of the piano, you can use an equalizer with a
built-in keyboard, like the DMG Equilibrium pictured
on page 60. This has real-world applications. I recently
used the Equilibrium to help identify exactly where a
close mike was placed over a real piano keyboard so I
could dip in the exact center of the range to alleviate a
“clangy” quality from the sound.

Earientation

Subjective terms we use to
describe excess or deficiency of
the various frequency ranges.
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Ear Training Exercise #2:

Learn the Effects of Bandwidth limiting
Less-expensive loudspeakers usually have a nar-
rower bandwidth, as do lower-quality media. Train your
ears to recognize when a program is either naturally ex-
tended or bandwidth-limited. It’s surprising how much
low- and high-end filtering we can get away with, as can

be heard when old films with optical sound tracks are
shown on TV. The listener may not notice the voice is
very thin-sounding until it's been pointed out, because
the ear tends to supply missing bass fundamentals
when it hears the harmonics. We can take advantage of
this in mastering (e.g., by reducing low frequencies to
obtain a higherlevel), but this is an audible compro-
mise, and the best productions are usually the ones with
full bandwidth.

Most musical information is safely tucked away in
the midrange — the only frequencies that remain in an
analog telephone connection—but a 5 kHz bandwidth
takes away the life and clarity of the sound, even if all

the informational content is there. Practice learn-

ing to identify the effects of bandwidth limiting using
high- and-low pass filters on various musical examples.
Another way to study the contribution of the low-bass
range is to turn subwoofers on and off.

Ear Training Exercise #3:
Learn to Identify Comb Filtering

Probably the only advantage of the English system
of measurement is that the speed of sound translates
neatly to about one foot per millisecond. When a single
sound source is picked up by two spaced microphones,
and those microphones are combined into a single
channel, unwelcome audible comb filtering will result
if:
- The gain of each microphone is about the same and
the microphones are identical or similar models.
- Relative mike distance from the source is in the crit-
ical area from about 1/2 foot (~150 mm) through about
5 feet (~1.5 m). At 5 feet, the more distant mike’s signal
is lower inlevel, also reducing the combing effect.

Comb filtering can occur

anytime a source and its delayed

replica are mixed to a single

channel; when one source’s gain

isreduced by at least 10 dB, the

. = comb filtering becomes audibly

insignificant. This figure shows the

frequency response when source

and delay are at equal gain. Vertical

divisions are 3 dB. From top to

bottom —a delay of 3 ms (about a3

feet/1m path difference), 1 ms, and

2 ms. In real life, reflections will be

diffused and somewhat attenuated,
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Severe Comb Filtering
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" with less obvious effect.




The reflections from a singer’s music stand are one
important source of this problem, but this cannot be
repaired (as some think) simply by adding a piece of

purist mike techniques,
and with little or no equal-
ization or compression.

"Did you know that wearing
a hat with a brim puts a notch in

carpet, because carpet has no meaningful effect in the
range below about 5 kHz, which, as we can see from

the figure, is where the major problems occur. The ear
really begins to notice comb filtering when the delay is
changing, for example, the classic flanging effect when
an artist sways in front of a reflecting music stand.
That’s why the best music stand is none at all; open-
wire stands are second-best and careful placement does
the rest. A related kind of comb filtering occurs when
the sound from an instrument reaches the microphone
both directly and also via reflections from the floor.

Television and film soundtracks provide excellent
laboratory exercises in learning how comb-filtering can
mutilate sound, since the proper operation of alavalier
microphone depends on indirect sound, which can
include nasty reflections from nearby surfaces. Listen
to the TV weather report blindfolded and give your own
weather report in response:

“Now she’s crossed her hands on her chest, about

- 3inches below the lavalier microphone. Now she’s
turned around to face the blue screen, which is reflect-
ing sound from about 2 feet away. She’s sitting down at
the anchor desk and you can hear from the hollow dip at
500 Hz that her mike is about a foot above the desk.”

Ear Training Exercise #4:

The Sound of Great Recordings Well-reproduced

Perception of Dynamics, Space and Depth
Because mastering engineers may be called on

to work on a wide variety of music, train your ears to

recognize good recorded sound in each genre. Start by

becoming familiar with great recordings made with

Learn what wide dynamic
range and clear transients
sound like (see Exercise
#15), to more quickly
recognize when dynamic range has been limited. Every
audio student should be exposed to the sound of real,
live, unamplified music, and the sound capabilities of
high-headroom, wide-bandwidth, low-distortion, ac-
curate loudspeakers in good rooms.

The surround medium has the potential to be
dynamic. If you have access to a state-of-the-art high-
headroom home theatre system, study the superbly
dynamic surround soundtracks in lossless coding of
motion pictures on Blu-Ray such as: X-Men First Class,
Star Trek (2009), Ratatouille, Nine, and Enchanted. For
surround music, try recordings on the 2L label.

Listen to live music: the percussive impact of a real
live big band or the clear transients of a classical piano
provide a standard that can never be bettered. Compare
the depth of alive recital, which can be captured with
simple miking techniques, with how much depth is lost
when too many close mikes are used.

When comparing a master to the mix, concentrate
on one instrument or quality at a time as you switch, and
confirm that each stage of the mastering process has
made things better, not worse.

Ear Training Exercise #5:
The Proximity Effect Game

Most recorded pop vocals have greater lower mid -
range and presence than real life. The trick is aided

Earientation
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“The length of silence between
two successive plays is
proportional to the number of
incorrect conclusions.”

3o

by the recording engineer’s
use of the proximity effect:
increase in bass response
when a directional micro-
phone is moved closer to the
source. Learn to recognize
— Karz's Law when a vocalist was recorded
too closely, overemphasizing
those frequencies (and deemphasizing the contribution

of the room acoustics, which can also be detrimental).

Ear Training Exercise #6: The Sound of Overload
When solid-state amplifiers overload, the round
part of their output waveform starts to square off. We
use the term clipping or clipped to describe when this
overload is severe and the waveform is squared-off.
Some amplifiers overload drastically, producing high
odd harmonic distortion, others (particularly tube
amps) overload more gracefully, which turns them into
aform of compressor, fattening sounds when pushed
past their linear region. Learn to identify the sound of
overload in all its forms: transformers subtly softening
transient peaks, analogtape in saturation, overdriven
power amplifiers with intermodulation distortion,
optical film distortion (as in classic 1930s talkies),
etc. Study the saturation on peaks of a classical or pop
recording made from analog tape as compared to a
modern all-digital recording. Learn the characteristics
of each piece of equipment: soon you'll discover some
rare digital processors that overload more gently than
others. A solo piano recording is one of the most critical
listening tests for peak overload distortion. However, a
solo snare drum is one of the least critical tests for peak
overload distortion (See Chapter 16 for a discussion of
the psychoacoustics of clipping).
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Ear Training Exercise #7: Identify the Sound
Quality of Different Reverb Chambers

Artificial reverb chambers have progressed tremen-
dously over the years. Become familiar with the artifacts
of different models of reverbs. Some exhibit extreme
flutter echo, some sound very flat, while others produce
an excellent simulation of depth. We'lllearn how they
accomplish this in Chapter 10.

Ear Training Exercise #8: The differences
between sampled pianos and the real thing

Sampled pianos are sounding better all the time.
Sometimes we get fooled! Practice your fine perception
until you don’t get fooled very often.

Ear Training Exercise #9: Mono, Weak Stereo,
Good Stereo

Train your ears to distinguish a good stereo re-
cording from one that has little separation or depth.
Distinguishing a mono recording from a stereo is not as
simple as looking at the level meters and saying, "Oh,
one is moving a little differently”, which could be a
mono recording with a gain difference between chan-
nels. The correlation meter on a true stereo recording
should show a variation as the music progresses. An
imperfect monitoring environment can give the false
impression of stereo information; listen with head -
phones when in doubt.

Ear Training Exercise #10: Listening Acuity —
Identifying Tiny Differences

Make a test master with o.5 dB difference in equal -
ization of one band. Can you hear the difference in
ablind test? o.5 dB is probably the threshold below
which we work on the feeling level, and above which we
work on the assurance level. Don’t underestimate the
importance of audio voodoo; what we believe to be true




has a power of its own.? However, unless certain, don’t
be fooled into thinking a difference is truly perceivable.
Remember, the longer you wait between listening to
one track, and then to another, the less likely you'll

be able to accurately compare them. To put it more
succinctly:

Katz's Law: The length of silence between two successive
plays is proportional to the number of incorrect conclusions.

Ear Training Exercise #11: Habituation

Make a test master that has a frequency response
you like. Now make another one that is intentionally
1 dB brighter. Listen to the second master all the way
through. Then switch back to the first. You'll be sur-
prised to discover that the first master now sounds too
dull! So, which master is the right one? The answer is,
probably the first master, because if you're a good mas-
tering engineer, your first choice is probably the right
one. One way to ensure you made the right decision is to
listen to parts of the brighter master and see if it starts
to sound fatiguing over time. Another way is to listen
to some of your favorite reference recordings and then
play the first master. If it sounds too dull compared to
your favorite references, then probably you should turn
the highs up.

Another habituation phenomenon is related to the
story of the frog and the pot of water. If you drop a frog
in a pot of boiling water, he'll jump right out. But if you
start him in some warm water and slowly bringittoa
boil, he'll boil to death! The human ear reacts similarly
to loudness with a phenomenon called ratcheting. If you
increase the loudness of a recording bit by bit, the ear
can habituate to extremes that it might not have if you
increased the loudness in one big step. In the EQ ex-
ample above we might immediately recognize that +3 dB

in the high end is too bright, but not necessarily if the
EQ change was made in three 1 dB steps. The ear is an
excellent relative loudness meter, but not a good abso-
lute one. We discover, during mixing, that a vocal which
initially sounded just right above the instruments, is
slowly going up and up, because we have lost our objec-
tivity. At that point (or before) we must take a rest. We
also need to return our monitor settings to a calibrated
monitor gain: this yields more consistent and better-
sounding masters (as we will learn in Chapter 19).

Be on the lookout for habituation issues whenever
you master — awareness is the first defense. Learn how
to be as objective as possible and overcome the ear’s
natural tendency to habituate.

Ear Training and Monitor Testing Exercise #12:
LEDR test

A powerful but simple test for playback system and
room acoustics accuracy is called the LEDR (Listening
Environment Diagnostic Recording) test, invented by
acoustician Doug Jones. It’s available on test CD JD37
from Chesky Records. If your system cannot pass the
LEDR test, then replace loudspeakers, relocate them
and/or work on room acoustics. Bookshelf and console-
mounted speakers notoriously fail the LEDR test. Learn
how nearby reflections destroy the perception of depth
and consider moving your speakers and/or treating
reflecting surfaces. Details on how to use the LEDR test
can be found on the test CD.

Ear Training Exercise #13:
MP3 versus CD. 16-bit dither shapes.

Make a 320 kbps mp3 copy of a Compact Disc.
Canyouhear the difference? Practice until you can
identify the differences. Start with a slow-speed mp3
if necessary (e.g. 128 kbps). One of the prime sonic
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differences will be the sense of depth and space. If
your system did not pass the LEDR test, then it will be
more difficult to hear the difference between an mp3
and the CD that was its source. An aid to ear training
is to listen to the S (side)-signal to expose artifacts of
coding (See Chapter 14, page 193).

Arelated listening test is to compare a 32-bit float or
24.-bit master versus a dithered 16-bit result. Dither is
explained in Chapter 15. The biggest differences are in
depth and space, with secondary differences in tonality.
Change dither noise shapes and see if you can iden-
tify the shape of dither that best translates to the high
resolution original source. I've created a more difficult
listening test called Can You Hear Truncation? It com-
pares the sound of a truncated or 24,-bit dithered result.

Ear Training Exercise #14: The Power of Focus.
Some engineers have made a big deal out of creating
listening tests with hidden edits. For example, a hidden
edit between flat EQ and a slight EQ change. This test is
not only maddeningly difficult but also psychoacousti-
cally invalid — because the ear/brain is not geared to
identify changes in a continuous music program. The
EQ change will be confused with a musical change at
that moment in time. As you search for the hidden edit

point, your ear/brain plays tricks on you, depending on .

the moment in the music where you imagine the edit
must have taken place. This doesn’t mean the ear can't
hear the difference, rather that it is difficult to identify
the hidden difference in an edited product. Compare
your discrimination ability if instead you play a short
piece of music repetitively, once at a flat gain and once
with, say, +o.5 dB at 5 kHz. Even if the test is performed
blind, your performance will improve! What does this
mean in the context of mastering? It means that we can
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make an EQ change and know it, but it may take some
time to know if that change is good or bad. Don't make
an instant judgment. Take a minute to listen and see if
the change proves wrong when the music gets louder or
softer, orif it is a good or a bad long-term change.

Two people can get entirely different impressions
from the same playback, because each is focusing on a
different aspect — and neither person is wrong!

Another example of the power of focus is our abil -
ity to concentrate on one aspect of a production at the
expense of others. If you focus on the snare drumina
mix and EQ it without paying attention to the effect on
the whole, you'll miss the forest for the trees. Brighten-
ing the snare, for example, can easily affect the whole
mix and make it sound harsh or fatiguing. Learn to vary
your focus, paying attention to specifics, but also to the
whole. This is why soloing instruments during mixing
is not always a good idea: listen to the context, not just
the solo instrument. Of course, experience will improve
your performance and judgment. Practice narrowing and
expanding your focus while equalizing some already-
mixed productions. Ask yourself, "how does this overall
EQ affect the guitar, the voice, the keyboard, the bass.
Does it help each one of them?”

Ear Training Exercise #15: PLR

The better the headroom of a reproduction system,
the more alive and correct it sounds. Observe thata
good loudspeaker reveals when a product is over-com-
pressed and how much compression is beingused. PLR
(Peak to Loudness ratio) is explained in detail in Chap-
ter 16. PLR is the ratio between the average loudness
and the momentary peaks of a program —what amounts
to its microdynamics. Many novice engineers are not at-
tuned to peaks, and it doesn’t help if their monitors are




already compressing the music. So this exercise is a
test of monitors, ears, room and brain. Until youlearn
to identify when peaks have been softened or removed,
please do not attempt to reduce them, because once
the peak clarity is lost, it cannot be restored. It’s pos-
sible to bring the peaks back somewhat, but never as
effectively as when left alone in the first place. And of
course, it may be esthetically desirable to a given piece
of music to soften, or even remove, transients or peak
information. PLR is most often applicable to material
with percussion, but it also applies to pizzicato strings,
guitar plucks, and the short-term movement of non-
percussive instruments. For this exercise, I do not
expect youto have a grasp of how any meter works or
even how a compressor works. This will be explained
in Chapters 5-7. The object is to train your ears to
identify the sonic effects of transient reduction. Learn
to identify when transient peaks have been shortened
or cut off, versus when they have been left alone to
express themselves.

As an exercise, take a piece of naturally-recorded
music that has a prominent snare drum, and pass it
through a compressor with a variable attack from 1 ms
up to hundreds of ms. Set aratio of 2:1 to start, a release
time of 250 ms, and a threshold adjusted (each time) to
produce 2 dB of gain reduction. Adjust the attack time
of the compressor, and listen to the effects of the loss of
transients. Observe how the attack time affects the defi-
nition and even the partial loudness of the snare drum
in the mix. See if you can distinguish between attack
time of 1 ms versus 150. Then slowly work the attack
down until you can identify the difference between 1 ms
and 50 ms, then 1 ms and 10 ms, if you can. The smaller
the difference, the harder the test gets, and I might have
ahard time passing the 10 ms test!

Ear Training Exercise #16: Loudness differences
A good loudspeaker with excellent headroom
and definition will let you hear subtle differences in
loudness. When I ask my wife to “turn downthe TV a
little,” Iusually mean "1 dB, please,” while the average
listener may mean 6 dB. Practice adjusting a monitor
control in small increments until you can tell when the
monitor has been reduced by only 1 dB. This is not an
easy test, because the music is constantly changing! The
more compressed the dynamic range of the music, the
easieritisto hearloudness differences.

Now see if louder really does sound better. Compare
the sound of two files that are 1 dB apart in gain, but
otherwise identical. Which one appears to have more
depth and definition? What does that tell you about the
importance of loudness consistency in mastering prac-
tice? An even more difficult test is to compare two files
that are only 0.1 dB apart. This produces a subtle quality
difference, not aloudness difference. It is totally pos-
sible to tell them apart if your ears are trained.

Next, train your ears to detect improper loudness
differences at musical edits. Make an edit at the end of
the verse just before the chorus begins. Try to make it
your goal to detect a gain difference of only 1/2 dB be-
tween verse and chorus. This is not an easy test, because
the edit is between two different musical moments.
Actually, it’s fortunate that our ears are tolerant of edits
made between different musical moments in a piece.
Still, I go to movies and I notice edits: it’s a blessing and
a curse! This skill is important to develop not just for
editing, but also for learning how to judge the dynamic
structure of a song you’re mastering.
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Ear Training Exercise #17:
The Yin and Yang effect

I'will explain the yin and yang effect in the EQ dis-
cussion in Chapter 4. For this exercise, simply boost the
bass alittle bit, and observe that the treble seems to get
duller —and vice versa. Then, after reading Chapter 4,
practice some of the other yin and yang effects and learn
why the smile EQ is one of the most popular curves.

Ear Training Exercise #18: The McGurk Effect

Our eyes have a tremendous effect on what we think
we hear. Visit http://tinyurl.com/bobkatz2. Expectation
has alot to do with this effect: we all have been fooled
by turning an EQ all the way up, hearing the effect, and
then discovering that it was in bypass all the time. So
don't feel too bad the first time this happens to you. As
I mentioned, since music is constantly changing, we do
not have a constant reference and so may believe that
the equalizer was moved, when it was simply a change in
the music. To guard against this, do alot of your listen-
ing with your eyes closed, guard against the power of
expectation, take a longer time to reach your conclu-
sions, and cross-check by looking at the bypass switch!
Arelated effect is how the power of peer pressure can
actually change perception, or at least your focus, so do
your critical listening and reach your critical decisions
alone.

Ear Training Exercise #19: Conquer All Your
Psychoacoustic Enemies

How do good film mixing engineers produce a film
with a consistent sonic center of gravity — despite the
fact that a film is mixed in isolated sections that are
later spliced together? How do music mixing engineers
produce a great recording that comes to a big, beauti-
ful, but undistorted climax yet begins with subtle, soft
sounds? How does a mastering engineer produce a dy-
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namic album that intermixes ballads with rockers and
integrates crescendi with decrescendi? The answer is
twofold: learn to conquer our psychoacoustic enemies,
either through long experience, or serious practice,
and master the theory and practice of psychoacoustics,
some of which I outline here.

We've learned about (and have hopefully begun to
conquer) our psychoacoustic enemy called habituation
and its cousin ratcheting. Those enemies alone are good
explanations for the debilitating loudness race. But
the real obstacle to good-sounding, consistent mixing
and mastering is the nonlinearity of the ear regard -
ingloudness increases (or EQ boosts) versus loudness
decreases (or EQ cuts). Psychoacoustician Jim Johnston
explains that the nonlinear ear reacts more strongly
to alevel increase than to an equal level decrease. In
other words, the central nervous system thinks that the
loudness increase of alevel boost is perceptually greater
than the loudness decrease of alevel drop! Also, mo-
mentary peaks of a certain measured amount produce a
greater loudness change to the ear than momentary dips
of the same measured amount. Imagine that you are in
a bathtub filling with water from a big faucet, but it can
only empty from a very small, slow drain. Your job is to
keep that bathtub from overflowing. This means you
have to periodically take time to turn off the faucet and
empty the water. In mixing, this translates to conquer-
ing the art of subtractive mixing, where we learn how to
drop a fader to take some sound away, instead of raising
afader. Subtractive mixing is a very important learned
skill, because the nonlinearity of the ear encourages us
to raise faders — but it takes a lot more conscious work
to bring things down. This also applies to mastering:
it takes alot more work to create a decrescendo than
a crescendo, and we must intentionally bring those




s e

=" .

T

{
?v

faders down more than we had raised them or the total
level is going to get out of hand very quickly: all because
of three psychoacoustic enemies! One cure is to take
regular rests during a mixing or mastering session, say,
10 minutes every hour. When we return from the rest,
we will react much more strongly to the loud passage
and find it easier to take the level down when a soft pas-
sage is required. The nonlinearity of the ear also applies
to partial loudness of EQ bands, as we discoverthata1
dB EQ boost at 3 kHz makes the perceived sound some-
what louder than a 1 dB dip at 3 kHz makes it softer!

Ear Training Exercise #20: Unmasking the Mix

Film mixing expert Walter Murch has postulated that
the ear can identify only about 3 simultaneous sound
elements at any one time in a mix, due to masking. He’s
described techniques for conquering this issue, as there
are obviously many elements present in a music mix,
and we must learn to help the listener recognize their
ebb and flow. [ urge you to study Murch'’s articles (as al-
ways, visit the links page at digido.com described in the
Introduction) and learn how to apply his techniques for
unmasking background sounds in your mixing practice.
Even though the mastering engineer is not usually mix-
ing elements, he should learn these techniques, since to
some extent they can be applied during mastering —for
example, by using selective equalization to bring out a
background instrument and attract the listener’s atten-
tion, then pulling back on that EQ to avoid continuous
listening fatigue throughout the song.
Ear Training Exercise #21: Musical Instrument
Identification

Can you distinguish:
* The sounds of soprano, alto, tenor and baritone

saxophones
* The difference between trumpet and flugelhorn

+ Upright versus “Fender” bass

- In astring quartet, the difference between the first
and second violins, viola and celli

- Inalarge orchestra, the difference between oboe,
bassoon and English horn

- Piano recordings: Can you tell when the unisons are
perfect or when they are beating?

- Extra credit: Gurved soprano sax vs straight soprano

This is just the start of a healthy musical education
that I suggest should accompany your audio education.
Don’t forget the non-western instruments, Chinese,
Indian, Balinese... However, don’t be afraid to admit
to a producer that you are not familiar with a particular
instrument: it’s just that some of them have unique
sounds that may affect how you master, e.g., is it a good
or bad thing to warm up a soprano sax? Another thing
to watch out for is that each instrumentalist has his
own tonal approach: some sax players like to hear their
instruments warm, and some brighter or clearer. After
awhile you can recognize a guitarist or bassist by his
sound. Don't be afraid to ask!

Things to Recognize
Experienced mastering engineers have learned to
recognize:

- dropouts (digital mutes and analog types), especially
audible in headphones

- space monkeys (twitters and glunges, artifacts of
lossy coders)

- skewed analog tape

- compression pumping

+ hiss

- different frequency ranges of sibilance

- IM gurgle from bad bias in analog tape deck

- phasing (which sounds like varying comb filtering)
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- noise reduction misalignment causing pumping

- intermittent noises (ticks, clicks, pops)

- electrical noises (buzz, hum, hiss)

- phonograph associated noises (tracing/tracking
distortion, rolloff, swishes, inner groove distortion,
non-fll)*

Bad Edits. An experienced mastering engineer
should be able to recognize a bad edit where the ambi-
ence or the sound is partially cut off, or the sound
partially drops out. Practice making edits and bring
them to the attention of an experienced engineer for
critical analysis. You'll be surprised how edits that you
thought were perfect may not pass the scrutiny of an
experienced engineer (but be kind enough to tell him
where you made the edit).

Wow and Flutter. Wow and flutter are caused by
speed variations in recordings, and are no longer a
problem with digital recording. But mastering engi-
neers are sometimes called upon to restore older analog
recordings. So to enhance perceptual acuity, make a
cassette recording of a solo piano, and compare it side
by side with a digital recording of the same instrument.

Polarity problems. Learn to recognize when the
left channel of a recording is out of polarity with the
right. Reverse the polarity of one channel and become
familiar with the characteristic sound of the error: thin
sound, with a hole in the middle of the image. This will
also help you to recognize when some instruments in a
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mix are out and others are in polarity. A good engineer
canrecognize polarity problems by the vagueness of the
stereo image, even without switching to mono.

Recognize the hum frequencies. Hum at the funda-
mental of the power line (50 Hz in Europe, 60 Hz in the
Us.) usually means a bad shield, an open mike line, or
aground loop. Hum at the second harmonic (100 Hzin
Europe, 120 Hz in the U.S.) usually means a bad power
supply filter capacitor. Hum at the third harmonic (150
Hz/180 Hz) can indicate induction into an audio cable
from a power transformer or a ground loop between
chassis. Buzz is hum with lots of high harmonics ex-
tending well into the upper midrange.

In Conclusion

Earientation should be a lifelong activity and no one
can become an expert overnight. These exercises will
help start the process.

1
I've never visited that room, but it would be an interesting archeological
voyage to find E. J. Quinby’s lair. Internet references indicate he was a
renaissance man, and subway train and music expert.

2

Jim Johnston (in correspondence) points out that peaks change the partial
loudness more than dips. It's psychoacoustic!

3

Thanks to Andrew Hamilton for that piece of philosophy.

4
Thanks to Jim Rabchuk for this list of items, which should be part of the
engineer's listening skill set.
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CHAPTEI 3

A Day
*  InThe Life
Of A Mastering
Studio

Introduction

In this chapter, we'll follow the main steps that
happen when a music recording arrives at a mastering
studio. Our workflow begins with critical auditioning,
followed by (if necessary) editing, cleanup, leveling,
processing, PQ coding (if it's for a CD), and output to the
final medium. This seems straightforward, but you'd be
surprised at some of the things we discover!

I. Critical Listening

If there is sufficient time before the deadline, I
recommend that the client send a mix of the first-mixed
song for a listen/eval even before an album is finished.
audition and give feedback on whether the song is ready
for mastering, or if [ think further mixing tweaks could
make an even better-sounding product. To be done right,
critical listening requires years of musical and techni-
cal experience, and is done using a very high-resolution
audio system. As a general guide, if an instrument’s
level or tone is off by more than a dB or two, it’s probably
best to remix, because the better the mix we receive, the
better the master we can make. But if all instruments in
a certain frequency range suffer from a common tonal
issue (usually due to monitoring issues at the mix studio),
mastering processing is well-suited to help the situa-
tion. Some mix engineers get the bass instrument right,
but get the bass drum wrong, often caused by deficien-
cies in console-mounted nearfield monitors. Mastering
engineers have developed some special techniques to
improve a bass/kick situation (See Chapter 9), but if it's
untenable, we will recommend a remix, or ask the client
to send us four stems: bass, bass drum, vocal and the rest
of the band. That’s why it pays to get that critical audition
before proceeding with an album’s worth of mixes.

When the raw material (usually files of mixes) arrives,
itis loaded into a mastering DAW, then auditioned prior
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to mastering. The assistant edits and sequences the ma-
terial if it is for an album, and if there is time, auditions
and prepares all of the material, wearing headphones

to help catch problems. She listens critically for noises,
distortions, and other issues and either brings them to
the mastering engineer’s attention directly, or notes
them in the load-in notes. She may clean up noises
using Spectral Editors such as Algorithmix Renova-

tor, Cedar Retouch, Izotope RX or the built-in cleanup/
interpolation tools in the Magix Sequoia DAW (See
Chapter 8). If there is a problem (such as overload
distortion) she will first consult with the mastering
engineer, and possibly contact the client. If the client
cannot re-output without the distorted peaks, we may
attempt to repair them using a declipper (See Chapter
8). She has sequenced the material in the proposed
order of the album with spacing that sounds good to her;
I'will make my own tweaks once I hear it in the context
of mastering processing. (See Appendix for suggestions
on how to choose the order of songs in an album).

Il. Editing

Ilove editing because a good edit delivers instant
gratification. In the mastering studio we usually do not
edit together songs from different takes, but we do our
share of editing, either cleanup or cutting different
mixes together (e.g. vocal up/vocal down). Awhole book
should be written on digital audio editing techniques,
but ultimately the skill of fine editing can only be
learned through guided experience: the school of hard
knocks, and an apprenticeship. Using sophisticated
workstations, we can perform edits that were impossi-
ble in the days of analog tape and the razor blade. I have
spent 3o hours with a razor blade painstakingly editing
aspoken-word version of anovel, a task that can now be
done in a single day.
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The Tale of the Head and Tail

We have to be aware of the important role played
by subtle moments of natural anticipation: the human
breath before the vocal; the movement of the guitarist’s
hand before a strum; or the movement of the fingers
and keys prior to hearing a piano downbeat. Often it
sounds unnatural to cut these off, making the open-
ing appear choked. If the breath is better included, but
sounds a bit loud, then a gentle fade-up can produce just
the right result. In addition, the ear is jarred by quick
sonic changes, between silence and sound, or between
two different EQs, until acclimated to the new sound.
So even if a mike preamp is fairly quiet, editing from
complete silence into the preamp’s sound can draw the
listener’s attention away from the emotional aspects of
the music. Sometimes this can be cured by fading in a bit
of hiss a few seconds before the edit, then crossfading
from the hiss into the preamp noise.

When in doubt, leave the start of the song alittle
noisy before the downbeat, and send that to the master-
ing engineer. We are quite skilled at making beginnings
that sound natural and have good tools for the purpose.
Another cause for that truncated sound is the overuse of
samples, which often lack the sound of the air prior to
the attack, thus making the attacks sound unnatural. In
the hip hop and R&B genres, people have become used
to the sound of this jagged editing, which is part of the
signature. Regardless, make sure you intend the unnatu-
ral truncation effect or it could make the album sound
rough and unprofessional.

Follow Fades. Sometimes the tail end of a song
contains noise from musicians or equipment, which
draws attention to itself in the quiet decay. Interpolation
Tools (See Chapter 8) can even remove talking or cough-
ing from a song’s decay. Another common solution is




called afollow fade, which is usually an S-shaped fade

to silence placed on top of the decay. A good mastering
engineer may spend a minute or more on such a fade to
ensure that the tail ambience or reverberation is not cut
off as the hiss or noise is brought invisibly to silence.
We can take advantage of the fact that noise is masked
by signal of the right amplitude, so the follow fade can
and should be slightly slower than the natural decay.
The delicate decay of a piano chord at the end of a tune
should sound natural, even while we manipulate the
fadeout to avoid or soften the thump of the release of the
pedal. Fine editing can allow us to raise the gain at the
tail, after having previously lowered it, in order to hear
some inner detail.

Unwhittling the soap. At the tail of the song, fading
out is like whittling soap: it can truncate the decay, and
normally you can’t get back the ambience that you take
off. Sometimes we’re called upon to make more soap.
Sometimes an analog tape may have a lot of echoey or
hiss noticeable at the tail of the tune; editing to a quiet
digital safety version of the mix, if it exists, can fix the
print-through. Or, we can replace the decay with a new
artificial tail. Another candidate for an artificial tail is if
the musicians or instruments make a distracting noise
during the ambient decay; the ambience will sound
cheated or cut off if we perform a follow fade to remove
the noises. In the figure at right is a fadeout; at the tail
you can see the noise made by the musicians. Unfortu-
nately, these noises occurred during the reverberation,
so the ambience sounds cut off. The trick is to feed the
tail of the music into a high-quality artificial reverb
and capture that in the workstation, which you can see
in the bottom panel. Since the predelay of the reverb
postpones its onset, its position can be adjusted in the
DAW’s crossfade window which allows us
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Adding a tail via a
crossfade to artificial
reverb.

to carefully shape, time, and level the transition to the
reverb in a manner that sounds completely seamless.
Thus we have performed the impossible: putting the
soap back on the bar!

Bounce with Handles!

One of the most common problems we encounter
from inexperienced engineers is audio whose begin-
ning or ending has been cut short. This can result from
poor bouncing technique — that is, starting the bounce
too close to the beginning of a song, or ending it too
close to the ending. When preparing files, play it safe:
bounce with handles, adding one or more extra seconds
before the first sound begins and after the last sound
ends. After the song ends, listen carefully to the full de-
cay in a quiet room to ensure that all the reverberation
has ended, and include a one-second or longer handle
to be safe! There’s plenty of hard disk space to spare, or
as we used to say, “tape is cheap.”
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Ba dEdits

Watch out for extra breaths, which come from mul-
tiple punch-ins. Watch too for clicks and other artifacts
introduced by edits in your favorite DAW. Noisy edits
will be exposed in a good monitoring environment, so
listen carefully in a quiet room. Using a Spectral Edi-
tor (see Chapter 8) in mastering, we can often isolate
breaths and clean up bad edits in an already-mixed
song, so now producers expect miracles from mastering
engineers with our powerful tools. But it’s usually better
to fix a problem before the mix is finished. For example,
when the vocal track is muted in the relative silence
before the instrumental chorus begins, the change to
silence draws attention to itself and is difficult to fix
during mastering. Instead of muting, do a slow fadeout,
or edit into room tone or preamp hiss, fading out after
the louder instruments have established themselves
enough to mask the hiss.

Another type of bad edit is one in which the rever-
beration of one section has been cut off by the insertion
of anew one. This often happened in analog tape edit-
ing because we could not do intricate crossfades with a
razor blade. But the error still occurs in classical music
recording if an inexperienced producer tells the musi-
cians to begin the retake exactly at the intended edit
point, instead of a few bars earlier. The latter approach
would not only give the musicians a running start and
allow for a better music flow, but would also gener-
ate the reverberant decay of the preceding note for the
editor to work with. If the producer did not record the
reverberation, the ear notices the cutoff of the reverb,
which is not masked by the transient attack of the next
downbeat. Luckily, when it comes to mastering, we can
repair some of these bad edits even if the original takes
are not available. The trick is to take apart the original
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edit and create a short piece of reverb that will overlap
the other two elements.

Fadeouts

A good-sounding musical fadeout makes us think
the music is still playing; we're tapping our feet even
after the sound has ceased. Although we can apply the
same S-shape we use for tails, fadeouts are a distinct
art in themselves. Typically, a fadeout will start slowly,
and then taper off rapidly, mimicking the natural hand
movement on a fader. There’s nothing more annoying
than a fadeout that lingers beyond its artistic optimum.
On the other hand, a fadeout should not sound like it
fell off a cliff: often in mastering we get material that has
to be repaired because the mix engineer dropped the
tail of the fade too fast. As we noted earlier, editing is
like whittling soap, so I recommend that mix engineers
send unfaded material so it can be refined in the mas-
tering. It is difficult to satisfactorily repair a fade that is
too fast at the end; sometimes applying a taper on top of
the original slope can help.

Adding Room Tone

Room tone is essential between tracks of subtle
acoustic and classical music. Recording engineers
should bring samples of room tone to an editing
session. Room tone is usually not necessary for pop
productions, but if a recording gets very soft and you
can hear the noise of the room, going sharply to audio
black can be disconcerting.

Always record room tone in advance as a separate
“silent take” with no musicians in the room. If this is
not supplied (10 seconds is ok, 20 is ideal), it is almost
impossible for us to manufacture a convincing transi-
tion and we have to be satisfied with a fade to/from
silence. Spectral Editors are handy at creating a glitch-
free file of room tone.
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Editing room tone in an acoustic work requires considerable artistry.
An edit must not call attention to itself.

Live Albums (Concerts)

Ilove to master live albums: they’re fun to edit
and assemble, and require fascinating skills to make
them feel like continuous performances, even though
they are usually recorded and mixed out-of-order and
assembled from many different performances and
venues. Depending on your skill at assembly, you might
want to leave some or all of the editing decisions till the
mastering. But in any case, a good recording or mixing
engineer will collect a lot of room tone samples from
between the songs and deliver these as so-called wild
material:

*loud cheering and applause, several different takes

* audience murmurs at different levels: excited, happy,
relaxed, contemplative, quiet, with or without light
claps or shouts.

* different kinds of room sound appropriate to tran-
sitions between quiet or loud tunes — without the
announcer or band voiceover, unless it applies to one
specific song.

* quiet room tone with no obvious intermittent

audience sounds (or the listener might recognize that
distinct shout from the balcony the second time he
hears it).

- applause endings —these are precious because it’s
difficult to find an ending clap that is not interrupted
by an announcer or band member or some identifiable
sound like tuning that’s only good to hear once. Find-
ing a single ending clap that is in the clear (even one
second in the clear after the clap) can save an entire
album from the deadly “let’s fade out here” disease.

Depending on your ability to make an album sound
continuous, you may want to deliver either individual
songs or a whole sequence. Individual songs are best
terminated with ending applause that ends clean with
an ending clap or a few words from the band followed by
clean room tone. Awhole sequence is useful delivered
in checkerboard fashion (alternating material on two
different tracks): two stereo WAV files, the first con-
taining songs 1,3,5, the second songs 2.4.6, etc., both
files in sync, each file containing a hole of the correct
length where the other file would be playing music. The
hole can contain some room tone, delicately reduced
in level after the next song begins, then to silence for
most of the rest of the song as the music will mask the
removal of the room tone. Or sporadic wild audience
cheers can be inserted underneath the other file’s mu-
sic performance. Include notes as to which venue each
song was recorded in, and any problems to look out for.
We will then take this assembly and adjust levels, eq, or
tonality to complete the illusion of an exciting, continu-
ous concert performance.

Applause and room tone. To edit applause requires
a familiarity with natural applause, but real-life ap-
plause is almost never as short as edited album applause
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(typically 15 to 3o seconds), and real-life artists have to
stop to tune their instruments. The object is to capture
just the essence of the concert so that the home listener
is never bored on replay. Joining applause and ambi-
ence from different performances exercises the power
of the workstation’s crossfades and the editor’s ears.
There must always be some degree of room tone (audi-
ence ambience) between numbers, but it cannot be a
continuous loop because the audience noise at the end
of aloud performance is louder and more enthusiastic
than after a quiet one. The transition from aloud to a
quiet number has to sound natural and will not sound
realistic if you simply drop the ambience level: it must
be done with a careful crossfade from a boisterous audi-
ence into a contemplative one. My approach is to do the
major ambience cutting on one stereo (or surround)
track, and wherever it needs transitional help, mixina
bed of compensating ambience on another track pair.

I once put an audience loop under the only studio cut
on alive album, and to this day no one has been able to
figure out which track is the ringer!

lll. Spacing The Album

Although we are in an era of digital downloads,
with its emphasis on singles and the shorter attention
span of today’s listeners, the record album is still an
important music medium. Sergeant Pepper is often
cited as a seminal rock and roll concept album, i.e.,
an elaborately-designed album organized around a
central theme that makes the music more than a simple
collection of songs. This started a trend that many
assume has more or less died. Is the concept album
really dead? Not for me; I treat every album that comes
for mastering as a concept album, even if it doesn’t have
afancy theme, artwork or gatefold. Processing, song
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spacing and leveling contribute greatly to the listener’s
emotional response and overall enjoyment of an album.

The first thing to remember is to never count the
seconds between songs. Experienced producers know
that the old "4 second” "
really does not apply, although it is clear that album

3 second” or "2 second” rule

track spacing (what LP cutting engineers call “the
spreads”) has gotten shorter over the past 5o years,
along with the increased pace of daily life. The correct
space between songs can never be accurately measured,
for different people start counting at different times
depending on when they think the decay is over. Count-
ing from the beginning of true silence, the computer
may objectively say that a space is only 1 second, but

the ear may think it’s closerto 2.5. So don’t count — just
listen. As a general rule, the space between two fast
songs is usually short, between a fast and a slow song

is medium length, and between a slow and a fast song

is usually long. After a fadeout, the space is usually

very short, because the listener in a noisy room or car
doesn't notice the tail of a fadeout. Often we have to
shorten fadeouts and make segues’ or the space will
seem overextended, especially in the noisy car. Percep-
tion of appropriate spacing can depend on a producer’s
mood or even the time of day. If you space an album

in the morning when you're relaxed, it almost always
sounds more leisurely than one which has been paced
in the afternoon, when our hearts beat faster. Be aware
of these external factors when spacing an album.

The overall pace of an album is affected by intertrack
spacing. We probably want the first set to be exciting, so
we control the pace using shorter spaces within the first
set, and slightly longer spaces thereafter. Interestingly,
our sense of timing is relative; if we begin with very
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tight spaces, then revert to “normal” spaces, the normal
spaces seem too long. Manipulate spaces to produce
special effects —surprises, super-quick and super-long
pauses make great effects. One client wanted to have a
long space in the middle of his CD, about 8-10 seconds,
to simulate the change of sides of an LP. This sounded
crazy to me, but [ tried the super-long space, and
despite my intuition, it worked! This was largely due to
his choices of songs and the order. The set which began
side two had a significantly different feel, and the long
space helped to set it off, like a concert intermission.

Spacing Rehearsals. Some people think that it’s
sufficient to play the last 3o seconds of a tune in order to
judge the space before the next. But if you play the whole
exciting song, you will most assuredly need more time
to catch your breath before the next one can start. To
avoid playing a whole song, we keep this effect in mind;
when we play the album through, we’ll know if we were
successful. One technique for judging a space is to cut
it shorter and shorter until it is obviously too short, and
then add just the scintilla necessary to make it sound
“just right” — especially knowing that it will seem longer
in a domestic living room. Another spacing technique
is to make the downbeat of the next song be in time with
the rhythm of the previous. This can sound very nice if
not overused.

Analog tape editing did not facilitate these kinds of
changes. It's interesting to note that when an LP master
comes in for conversion to CD, the spaces always seem
toolong. One reason, as mentioned before, is the cur-
rent quicker pace of modern life. But the other is that
Vinyl and tape noise acts as a filler. When there’s dead

 silence between tracks, spaces always seem longer.

Remove two or more seconds from an LP space and it

might feel just fine on CD.

IV. Leveling The Album

In Chapter 16, I will explain the subtle differences
between the terms level, loudness, gain, and volume. For
now, let’s talk about how we manage the relative levels
of the songs in an album.

Context-based leveling. A piece of music that
begins softly, but follows one that ends loudly, creates
a potential problem. We may have to raise these be-
ginnings because the ear had been acclimated to loud
sound, whereas the same soft level could be perfectly
acceptable in the middle of the piece. Similarly, aloud
attack is amplified by the ear if it is preceded by silence.
This is why albums and singles may have to be leveled
differently.*

The greater a recording’s dynamic range, the harder
itis to judge "average level”: you have to listen in several
spots. Inlater chapters we'll discuss the nuances of dy-
namic range. [ usually start mastering with the loudest
song on the album and find its highest point. I then en-
gineer the processing to create the desired impact, set
the monitor to an optimal gain (explained in Chapter
19), and make the rest of the songs work together at that
monitor gain. This practice also helps prevent over-
processing or overcompression’ (See Chapters 5-7).
During the processing of this loudest song, it’s impor-
tant to ensure an optimal gain structure in the chain of
processors. This is the test for the rest of the album, for
if the loudest song does not overload the processors,
neither will the rest. The album usually falls in line once
the loudest song has its proper level and impact.

Leveling and dynamics processing are inseparable,
because the output (makeup gain) of the processors
also determines the song’s loudness compared to the
others. A more compressed song may sound louder
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Analog Tape — Analog Equalizer — Analog Compressc>r4—I

[ Analog Limiter

(w/fader) A/D — Digital Processor(s) —I

L Dither — DAW DAW ——» Final Medium

Variation 1: Processing, fadeins, fadeouts are performed in
real-time load-in thru analog & digital processors. The

result is recorded as 16-bit/44.1 kHz file on the DAW, then
prepped for last step: output to final master medium. Not
every process illustrated is needed for every master. Fader

may be in mastering console.

DAW — D/A — Analog Equalizer —Analog Compressor -l

LAnalog Limiter — A/D — Digital Processor(s)—j

L Dither — DAW DAW — Final Medium

Variation 2: Real-time like Var. 1, except the source has been
preloaded into a “source” DAW. Processing, fadeins,
fadeouts are performed while creating the second DAW file
at 16-bit/44.1 kHz, then spaced & prepped for output to
final master medium. Fadeins & fadeouts may be performed
in the source DAW or one of the external processors.

DAW — D/A — Analog Equalizer — Analog Compressor

1

l Analog Limiter — A/D — Digital Processor(s) _l

L _Downsampling_ p; : ;
DAW DAW SFC (optional) Dither - Final Medium

Variation 3: Same as Var. 2, except the result is recorded as
24-bit files on the new DAW file. This gives flexibility to
perform fadeins and fadeouts & even some leveling on the
higher resolution DAW file; then output with dither to final
medium. It also provides flexibility to produce 24-bit

masters for MFIT or higher resolution medium, e.g. Blu-Ray.

MIDI Remote Control e
v
;Jg(s:a(rggl)n 9 __paw — Digital Processor(s) —I

L _ Downsampling_ : : :
DAW DAW SFC (optional) Dither —s Final Medium

Variation 4: Signal upsampled (if necessary) to higher rate
for lowest distortion, processed & stored as high res. Lastly,
it's downsampled & dither added for cutting CD master. If
all processors are automatable, the entire master can be
created in real time, everything “non-destructive”, enabling
non-linear production and easy revisions.

than another, even if its peaks don't hit full scale. If we
change the processing, we have also changed its level: it
has to be done by ear. After working on the loudest song
and saving the settings, I usually go to the first song and
proceed in sequence. After I master the second song,

[ recheck the transition between the first and second.
This transition will usually work without any fine-tuning
because I've bee:a monitoring at a consistent gain. If one
song appears too loud or soft in context, I make a slight
adjustment in level until they work together, or some-
times increase the spacing to “clear the ear.” So you can
see why it's important to have the album in proper order
before mastering!

Consider the size of the ensemble. A song with solo
vocalist and acoustic guitar should be naturally softer
than the full electric band. During the course of master-
ing I often will turn the ballads down and the rockers
up. This is because many mix engineers still follow the
practice of maximizing levels for each tune, which was
useful in the days of analog tape, but is not necessary
with digital recording. This is why I advocate trying to
mix by ear, not by meter, using a constant monitor gain
orreference. Even though it’s important to check the
song mix at different levels, returning to the monitor
reference will help produce more consistent mixes, both
tonally and in the context of an album (See Chapter 19).
In other words, try to master the album to some degree
during the mixing stage. Have no concern about signal -
to-noise ratio when mixing to 24.-bit: it’s only low if it
sounds low!

Everything Louder than Everything Else
Afterleveling and processing the last song, I review
songs one and two, to make sure they still fit well into
the context, or if there is a tweak that can further opti-
mize them. Or, [ might find that the album has grown
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in amplitude due to ear fatigue and the later songs may
need to be lowered. This gives non-linear production a
distinct advantage (explained below).

Overzealous leveling practice can produce a Domino
Effect. Suddenly, the song that used to be the loudest,
doesn’t sound as loud. Every song can’t be the loudest
one! If it was loud enough before, the problem may be
unintentional escalation. Instead of trying to push the
loudest song further, thereby squashing it with the lim-
iter, it may be wise to lower the previous song by even
afew tenths of a dB, which will restore the next song’s
impact by use of contrast.

V. Processing

Now that we have covered the steps of critical
listening, editing, spacing, and leveling, we come to
processing. Processing is a significant part of our job,
although I want to reiterate that mastering is not about
processing per se. Experienced and skilled clients do
not expect us to change the sound of their hard work,
Just polish what already sounds good. With that in mind,
we'll spend the rest of this chapter showing how we go
about processing.

First we listen briefly to the songs and try to decide if
analog or digital processing is going to be best, or some

hybrid of the twd. Many engineers work with DAWs in
very much the same way we worked before there were

Matched Edits in an
€EDL combine multiple

4T revisions and save
any DAWs.* First, we take the source for each tune (e.g.

roduction time.
analog tape or digital file), and process one song at a '
time. If that source is analog tape, we may master the
tape in real-time during load-in with analog proces-
sors. If that source is digital and if we desire to use
analog processing, we send it to a high-quality DAC,
pass it through one or more analog audio processors
and possibly control the level, EQ, or fade via a cus-
tomized analog mastering console. The signal is then
passed to a high quality ADC, optionally through various
digital processors, dithered to 16 bits if for the compact
disc, then recorded into the DAW (dithering is ex-
plained in Chapter15).

We master and capture one song, then move on
to the next song, resetting processors until the best
sound is achieved for that song, and so on as illustrated
in Var. 1 of the figure on page 48. In Var. 1, since
all leveling, fading, and processing has already been
completed, the DAW is used only for assembling and
spacing, which is a very efficient approach. When we
reach the end of the tune, if it requires a fadeout and we
missed it, instead of reloading the entire song, we can
back up before the fadeout, do a simple punch-in on
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the workstation, perform the fade, and then a matched
edit. At this point, if the client orders any revisions,
the engineer, to avoid going down a generation, must
repatch the entire chain, reset the processors, make,
any processing changes, and re-record/replace the old
destination file or a portion of the destination with a
new one. For example, in the figure titled Matched Edits
(page 49), the master is an assembly that begins with
apiece of version 2, followed by version 1, a retouched
section of version 1A, and finishes with version 1.5.
Retouched refers to Cedar Retouch, a specialized noise
reduction or restoration processor (See Chapter 8).

Often there is no real-time load-in, since sources
usually arrive as computer files, and can be loaded at
high speed directly into the workstation (Var. 2). After
editing, assembly and cleanup, we proceed as in Var. 1,
except using the workstation as the new “source” as well
as destination.

InVar. 3, the mastering engineer waits until the
final output to perform dithering, which gives some
flexibility to perform fadeins and fadeouts on the final
DAW file and perhaps some leveling, and simultane -
ously prepare 24,-bit files for Mastered for iTunes
(MFIT) and 16-bit files for CD (Chapters 15 and 16
cover dither and level issues in MFIT. For more details
see my book iTunes Music). With the increasing number
of high-sample-rate projects, an alternative is to play
high sample rate material and capture it at the higher
rate for higher resolution media or for LP. Yet another
approach is to use upsampling followed by downsam-
pling, because even if the source material is ready for
CD at 44..1 kHz, digital audio processing at a higher rate
sounds better (See Chapters 22 and 23). If the mate-
rial is not already at the higher rate, the engineer may
upsample the material in advance, process and capture

Chapter 3

at the higher rate and retain those higher sample rate
files for other media, then downsample and dither for
CD or digital downloads, which are currently at 4.4,.1
kHz rate. Since a DAW can only work at a single sample
rate at one time,’ material that arrived at multiple sam-
ple rates (different songs at different rates) should be
normalized to a single sample rate before the mastering
can get started so all the clocks can stay stably locked to
each other. Some engineers believe ADC sounds better
than a sample rate converter, so they use an ADC at a
higher rate as an effective upsampler.

Linear vs. Non-Linear Production

All of the above descriptions have one thing in
common: they follow a linear approach to album
mastering, capturing a song, then resetting the pro-
cessors before moving on to the next tune. To ensure
the context is good, it’s best to go back to the end of
a previously-captured song and play into the next as
we capture it. Although engineers have been making
excellent albums using this linear method for years,
this method requires committing to the sound of the
previous song before moving on to the next. Perhaps
I'want to achieve a slow crescendo from song to song
with a climax in the middle leading to a dénouement.
To achieve that, Ilike to have the ability to easily change
any decision in a non-linear manner until I'm sure the
whole album produces the effect [ want. This avoids
the drawbacks of the linear approach, which either
forces us to recapture a song, or add another genera-
tion of processing. Ilike to review any song during the
decision process and easily change it if it’s going to
help the impact of the whole album. MIDI is an aid to
non-linear production. Most outboard digital audio
processors and a small number of analog processors are
remote-controllable via MIDI (Var. 4), which permits




them to be automated and
completely integrated with
the workflow. The source
DAW feeds timecode to a
MIDI sequencer — in my
case, a Macintosh comput-
er running Digital Performer
(pictured at right). The
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tion’s internal processing. The MIDI technique extends
this ability to the outboard equipment. For me this is a
revolution: finally, [ can work on an album-in-the-
making in a comfortable, fluid, non-linear manner. I
work with a song until itis “cooked,” save the param-
eters in the memories of the external processors, then

move on to the next song, postponing the capture of the
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ﬁnal file until the entire album has been programmed.

[ then return to near the end of the previous song and
play the sequence, with the MIDI automation following
along, nondestructively. This makes it easy to integrate
two dissimilar songs, e.g., if one ends big and the other
begins small. We can bring the album to a great climax,
then recheck the first song in that context and instantly
change its processing (if necessary) without having to
reload or recapture. When we discover the introduc-
tion is too soft, but otherwise a song sounds fine, we
can make that subtle adjustment before the capture
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“Neyer count

the seconds
between
songs.”

time. Full automation facilitates creative special
effects —for example, as I approach the climax
on one tune, upon the entrance of a big vocal
chorus, I can create MIDI-automated changes in
an outboard processor that gradually increase the
spaciousness and depth, producing a giant sound
inthe final chords.

The automated approach helps us keep things fresh.
We can work on parts of a tune without having to play the
whole tune, thus avoiding repetitive listening, which
can spoil a tune’s fragile freshness. We can concentrate
holistically on the structure of the album without get-
ting listening fatigue. When we conclude that the album
sounds good, we can take a break before capturing the
whole album, then return to the beginning and cut the
master in real time with full automation. This gives us a
fresh picture of the whole album the way the consumer
would hear it.

If there is also analog processing, which usually can-
not be automated (not shown in Var. 4 figure), we may
make minor stops along the way to manually change the
processors, and afterwards edit the segments together.
However, it is cumbersome to notate the settings of a
complex processor for each tune and then capture all
the tunes. If a complex non-automated processor must
be changed from tune to tune, this makes non-linear
production impractical.

The biggest advantage of full-automation is the
ease of revision, especially if we have a critical cli-
entele. Processing is applied in a non-destructive,
non-cumulative manner so anything can be undone
without going down another generation or forcing a
reload. Another advantage of this method is that the
raw sources can be immediately compared with the
master and the difference demonstrated to the client.
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The disadvantage of this method is the learning curve
required to run a MIDI sequencer and assemble a
MIDI-controlled system.

How Long is a Mastering Session?

Atypical mastering session for an album-length
popular music project takes about a day, between 4 and
6 hours, rarely as much as 8. It may take an hour (rarely
more) for an experienced engineer to patch and get the
sound for the first song in an album. The second song
may take a half hour or much less, generally reducing as
the album goes on.

VI. PQ Coding (CD Albums) and
Managing Segues (CDs and Downloads)

PQ Offsets

Most authorities on CD mastering recommend plac-
ing a track start mark (called Index 1) atleast 5 SMPTE
frames before the downbeat to accommodate slow-
cuing CD players. This is approximately 12 CD frames,
160 ms (one CD frame = 1/75 second). The DAW can au-
tomatically apply these offsets, and show the PQ codes
as they will appear on the disc. Sophisticated DAWSs
let us rehearse the effect of cuing with or without the
offsets, critical when the cue has to be very ‘cight.6 For
example, when the previous song is crossfading into the
next, if we do not place the track mark extremely close
to the downbeat of the next song the CD player may play
a piece of the previous sound. I may accept as little as 2
(occasionally 1) SMPTE frames, which risks that a slow-
cuing player will miss the downbeat. Pictured (page 53
attop) is an example of a live album with the track mark
located nearly on top of the downbeat to avoid the spo-
ken introduction. Some players clipped the downbeat,
but on this CD it was less of a problem than hearing the
previous sound.




Spaces and PQ (Track) Coding

Index o is an optional mark between the tracks
which defines the end of the previous track; the CD
player’s time display begins to count backward up to
the Index 1. This is called the pause time, a misleading
term, for there is no requirement for silence and in
fact, index o can be o seconds. I recommend normal-
izing Index Zeros shorter than 2 seconds to o to keep
the player’s time display from glitching. This doesn’t
mean that musical spaces cannot be as short as you want
them to be: it just means there will be no official pause
between tracks. When Index o is o seconds, the player
interprets Index 1 as the end mark of the previous track
and the start of the next.

Hiding in the Gap. Segues and iTunes Singles.

When a cut from a concert album is played on the ra-
dio, it’s often desirable to cue the tune on the downbeat:
but the listener at home wants to hear the atmosphere
between cuts, and maybe the artists’ introductions. To
accomplish this dual feat, the creative mastering engi-
neer can place Index o and Index 1 times as in the figure
(bottom right).

In this example, the song for track g ends with ap-

Track mark placed very
tight to the downbeat
with no offset to avoid
hearing talking which
comes before the mark.

enjoyed for over 3o years. iTunes and other computer

players can play gapless (continuous) albums, but they
do not read Index o; so we have to put the introduc-
tion or the countoffs at the end of the previous track,
producing some incongruous results in random play.
Now we have to consider masters for both CD play-

ers and iTunes, which requires some thinking ahead.
iTunes requires sending individual WAV files. If there
is a segue between tunes, the beginning of the second
tune will contain the fadeout of the previous one: so to
generate singles, I have to capture the first song’s end -
inginthe clear and the second song’s beginning in the
clear to make two separate single WAV files for iTunes.
The artist may not want to manage a separate single ver-
sion of two songs, and so may reject the idea of having a

segue. See my book iTunes Music for more examples.

Redbook Limits
The Sony/Philips Redbook specifies all the param-
eters for an audio compact disc. A CD may have up to

plause; the official end of song g is at Index o. There Live album: Hide an intro in the Index 0
is sound in the pause time between Index o and Index
1; this permits consumer choice or the CD player’s
random play function to ignore the boring or irrelevant
parts. Similarly, the introductions, count offs, sticks,
and so on, for songs on any kind of album can be placed
in the gap so they will not be heard on the radio orin
random play. The pause time does not count as part of
the official length of either track (which keeps royalty
costs down!). Unfortunately, this functionality of the
CD standard is eroding, hindering artistry that we have

gap to permit radio play on the down-
beat at Index 1, but let the consumer
hear the full album or choose to skip the
intro during random or manual play.

forTk 10
forTk 10

» , Index 1

| Index 0

Song (Track 9)' Applause' Intro to' Song (Track 10)
Track 10
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99 tracks, each having a minimum length of 4 seconds,
and each of these tracks may have up to 99 indexes (aka
subindices). Rarely do we code CDs with indexes, since
many players do not support them and most people don't
know how to use them. Classical engineers who used to
code movements with indexes are using a track mark for
each succeeding piece. There is no standard CD length;
maximum length can be stretched to 8o minutes if the
plant tightens the line spacing to the minimum Redbook
tolerance —but not all players can play the outer tracks

of these discs. Individual plants specify length limits on
the order of 78:00 t0 79:38 (check with the plant). Always
record CDR masters in Disc-At-Once mode if the DAW
gives more than one choice.

Hidden Tracks on CD and Digital Downloads
Find the hidden track is a little game that some
producers play with the record-buyer. The mastering
engineer can easily hide a track in a CD by inserting
many short, blank 4,-second "dummy tracks” at the
end of the CD prior to the "hidden” one, which forces
the listener to cue many times before he can reachit.
Another method is to put several track marks within
the "hidden” song, which causes ripping programs to
break it up into pieces. Yet another way to hide a track
is to have a track mark with no music for a minute or
more. Most of these hidden track methods are gone
with digital downloads (since there is no such thing as
atrack mark), though it’s still possible to make a song
file with dead space after a song, followed by another,
unannounced song, which would raise alarms with ev-
ery QC person between the producer and the consumer!

Some CD players have the ability to rewind in front
of track one; this is called the pregap or first Index o.
One company claimed the rights to hidden tracks in the
pregap, but it’s not officially permitted by the Redbook
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standard, and many plants will not press CDs with a
hidden track in the pregap. To the best of my knowl -
edge, the master for a hidden track CD must be a CDR: it
cannot be a DDP.

Metadata

During PQ coding, we also enter the metadata for
a CD inthe DAW: Title, artist, genre, ISRC code, EAN
code, etc., which are used in CD Text (See Chapter1).
Metadata for iTunes and other computer players is
entered manually (usually online) by the client.

Our day in the life is now complete! Take a deep
breath and move on to Equalization, our first adventure
in processing.

1
Segue (pronounced seg-way) —a crossfade or overlap of two elements.
Webster's: proceed without interruption. Italian: seguire, to follow.

2
But ballads do not have to be raised as much as you think. Read about the
acoustic advantage in Chapter 19.

3
Mix engineers follow similar practice, beginning the mix process at the
loudest point of the song.

4
Well, this is true for CD mastering. But if you go back to the age of LP,

the engineer was forced to cut an entire side in one continuous pass. If

he stopped, he created a locked groove, which is yesterday’s E32 error. A
sophisticated LP cutting engineer would note settings for each tune and
manually change her processors during the banding between each track.
Equalizers were developed with A and B settings, allowing her to press one
switch during the intertrack gap, and then leisurely preset the opposite
equalizer for the next track. This is primitive, but roughly equivalent to the
fully-automated process described here.

One workstation (Sequoia) can work at two rates simultaneously by open-
ing two instances, each using different sound cards.

6

PQ lists only need to contain the offset (actual) times, the ones which
appear on the CD master. The required offsets are: Initial pause mark 2
seconds in front of track 1's start mark, equivalent to placing track 1 at

2 seconds absolute time. Verify your DAW software performs one or the
other automatically. Last end mark 2 seconds after music end, so the player
can stop spinning without losing the last sound. Recommended: Each track
mark a few frames before music start and each end mark a few frames after
music end, to prevent player muting or missing part of the audio (though
most players do not mute audio at all anymore).




Equalization
Techniques

l. Introduction

The First Principle of Mastering

The first principle of mastering is: changing anything
affects everything. This means that mastering becomes
the art of compromise: of knowing what is sonically
possible, then making informed decisions about what is
most important for the music. An EQ technique used in
mastering can be crucially different from an apparently
similar technique used in mixing. For example, when
mastering, adjusting the low bass of a mix will affect the
perception of the extreme highs. Similarly, if a snare
drum sounds dull but the vocal sounds good, then the
voice may suffer when you try to equalize for the snare.’'
These problems occur even between elements in the
same frequency range. During mixing, bass-range
instruments that exhibit problems in their harmonic
range can be treated individually, but in mastering their
harmonic range overlaps with the range of other instru-
ments. A mix engineer can significantly boost a bass
instrument somewhere between say, 700 and 2 kHz, but
in mastering, even a small boost in this range can have
detrimental effects. Or let’s say we need to fix a bass
drum problem: to minimize affecting the bass guitar it
may be necessary to try careful, selective equalization
to “get under the bass” at the fundamental of the drum,
somewhere under 60 Hz. Sometimes we can’t tell if a
problem can be solved until we try, so it’s best not to
promise a client miracles — but then they're delighted
when we deliver them!



“Practice is the best

of all instructions.”
— CHiNESE Fortune CookIE
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Il. What is a Good Tonal Balance?

Perhaps the major reason clients come to
mastering houses is to verify and obtain a good
tonal balance. But what, exactly, is a “good”
tonal balance? The human ear responds posi-
tively to the tonality of a symphony orchestra
that always exhibits a gradual high frequency
rolloff on a spectrum analyzer — as will most
good pop music masters. The amount of this rolloff
varies considerably depending on the musical style, of
course, s0 we use our ears, not the spectrum analyzer, as
the basis for our EQ judgments.

Another key to effective mastering is that everything
starts with the midrange. The fundamentals of the vocal,
guitar, piano and other instruments must be correct,
or nothing else can be made right. The message in the
music —and more literally in radio, Internet and low-
cost home systems — comes from the midrange. Listen
to a great recording that’s playing in the next room. The
information still comes through despite the filtering of
the doorway, carpets and obstacles. Then try filtering
the recording below 200 Hz and above 5 kHz (like an old
movie). A good recording will still translate.

The mastering engineer tries to make the sound
pleasant, warm, and clear, if that is appropriate for the
genre. While a master can deviate from this to provide
adeliberately different color — for example, a brighter,
thinner sound® — the mastering engineer limits exces-
sive deviation from neutral, to ensure that the sound
will translate well to the widest variety of playback
systems and over the air.”

Specialized Music Genres
The symphonic tonal balance is generally a good
guide for rock, pop, jazz, world, and folk music,
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especially in the mid to high frequencies. But some spe-
cialized music genres deliberately utilize very different
frequency balances. We could think of Reggae as the
symphony spectrum with alot more bass instruments,
whereas punk rock is often extremely aggressive, thin,
loud, and bright. Punk voices can be thin and tinny over
afat musical background. If this straining of the natural
fundamental-harmonic relationships is excessive and
done for awhole record, most people find it fatiguing,
but it can be interesting when it’s part of the artistic
variety of the record.

Be aware of the intentions of the mix

Equalization affects more than just tonality: it can
also affect the internal balance of a mix. So a good mas-
tering engineer must fully understand the intentions
and needs of the production team. In fact, mastering
equalization may help the producer’s balance if his
judgment has been inadvertently affected by a monitor-
ing problem in the mix environment.

lll. Equalization Techniques
Two Basic Types: Parametric and Shelving

There are two basic types of equalizers — para-
metric and shelving—named after the shape of their
characteristic curves. Parametric EQ, invented by
George Massenburg in 1967,* is the most flexible curve,
providing three controls: center frequency, band -
width, and level of boost or cut. Mix engineers like to
use parametrics on individual instruments, boosting to
bring out their clarity or salient characteristic, selec-
tively dipping to eliminate problems, or, by virtue of
the dip, to exaggerate the other ranges. The parametric
curve, also known as peaking or bell curve, is also the
most popular EQ shape used in mastering, because
it can be used “surgically” to remove certain defects,




such as overly-resonant bass instruments, or enhance
narrow ranges of frequencies. By comparison, shelv-
ing equalizers are more popular in mastering than in
mixing, since they provide boosts or cuts to the entire
spectrum below or above a selected frequency, and can
alter the tonality of the entire mix. With a good moni-
toring setup, equalization changes of less than 1/2 dB
are audible, and in fact, a shelving high frequency boost
of only 0.1 dB starting at 2 kHz is clearly audible because
it changes the whole tonal curve of the material.

Parametric: Q and Bandwidth

The parameter Q is defined mathematically as the
result of dividing the center frequency by the band-
width in Hertz at the 3 dB down (up) points measured
from the peak (dip) of the curve. A small value of Q
means alarge value for bandwidth, and vice versa. For
example, a Q of 0.6 is equivalent to a wide bandwidth, 2
octaves, but a Q of 4 means the bandwidth is narrow, 0.3
octaves. There is a conversion calculator in the links.
The figure (above right) shows two parametric bands
with extreme levels for purposes of illustration: on the
left, a 17 dB cut at 50 Hz with a very narrow Q of 4., which
is 0.36 octaves or a bandwidth of 12.5 Hz; on the right, a
17 dB boost centered at 2 kHz, with a fairly wide (g‘entle)
Q of 0.86, which is 1.6 octaves. The bandwidth is 2325
Hz, represented by the dashed yellow line.’

Gentle equalizer slopes almost always sound more
natural and less harsh than sharp ones, so Q's of 0.6
and o.7 are therefore very popular in bell shapes and
gentle slopes in shelving shapes. Higher (sharper)

Q’s (greater than 2) are used surgically, to deal with
narrow-band resonances or discrete-frequency noises,
though we must listen for artifacts of high Q. such as
ringing. It is possible to work on just one note with a
sufficiently narrow-band equalizer, or we may overturn

40 ©60 80100. 200
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the first principle of mastering by using a higher Q to
try to isolate and emphasize a single instrument. For
example, a poorly-mixed program may have a weak
bass instrument. Boosting the bass at around 8o Hz may
help the bass, but it might also muddy the vocal. So we
try narrowing the bandwidth of the bass boost. This is
rarely totally effective, so if the bass boost is not good
forthe vocal, it's probably not good for the song. But

if the vocal is made only slightly bassier, we cantry a
slight compensatory boost around 5 kHz, as long as that
doesn't interact poorly with yet another instrument!

Finding the right EQ frequency for
dipping resonant notes

There are two techniques for finding a problem
frequency that is resonating and must be dipped. The
classic approach is to focus the equalizer directly: starting
with alarge boost and fairly wide (low value) Q, sweep
through the frequencies until the resonance is most ex-
aggerated. Then narrow the Q to be surgical, and finally,
dip the EQ the amount desired. This technique works

4k 6k 8kIlOk 20k

Parametric equalizer with a cut of -17
dB at 50 Hz with a very narrow band-
width of 0.36 octaves (0 = 4), and
+17 dB boost centered at 2 kHz with a
fairly wide bandwidth of 1.60 oct (0 =
0.86), indicated by the dashed yellow
line at the 3 dB down points.
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“One-note bass” resonance fixed
by a combination of a shelving
boost (which was useful to help
the rest of the notes that were
weak) and a narrow band dip at
the resonance frequency.

well with analog
equalizers, but some
digital equalizers
present ergonomic
obstacles: the inef-
ficient mouse, and
latency. It's very dif -
ficult to sweep in the
bass region because
the distance between
F#and G is only 3 Hz,
while in the mid-
range, the distance

is 22 Hz. We've all heard the phrase "one-note bass”,
and there’s a reason why this problem occurs: many
rooms have standing wave problems in the bass that
give the mix engineer the wrong impression that a note
is too weak. So he boosts it unnecessarily. The cure for
one-note bass on

| the mastering side
is quite delicate:

| we have to con-
struct a bell filter
that’s only a few

I Hzwide. Narrow
filters can ring, so
be exceptionally
careful: if the bass
player doesn't play
| the adjacent notes,
don’t make the
filter any narrower
than necessary,
and only dip as

much as is neces-

Top: Gerzon resonant shelf with a low (. The dip just past the shelving boost frequency is

characteristic of the Gerzon resonant shelf. Bottom: The same with a high (.
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sary. Ina DAW it is
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also possible to automate the EQ so it occurs only when
the offending note is playing. This gives rise to a second
technique specifically for bass frequency surgery: keep
akeyboard handy to determine the key of the song,

and use your sense of relative pitch to determine the
problem note. Then translate that note to a particular
frequency with the Carnegie Chart (attached to the
front of this book) and dip that frequency. Pictured (top
left) is an example of a bass EQ found in just seconds
using this method. It combines a shelving boost with a
single dip at the problem frequency. Engineers with a
Crane Song Ibis EQ or with the DMG Equilibrium can skip
the chart, because the Ibis is marked directly in musi-
cal notes, and the Equilibrium includes a synchronized
graphic of a keyboard (pictured on page 60). Why didn’t
designers think of that sooner? With good ergonomics
we can work faster and finish earlier.

Shelving Equalizers

As mentioned, a shelving equalizer affects the level
of the entire low frequency or high frequency range
below or above a specified frequency. Some have Q
controls, defined as the slope of the shelf at its 3 dBup
or down point. One interesting variant on the standard
shelf shape can be found in the DMG Equality, Manley
Massive Passive, Waves Renaissance EQ, and Weiss
EQ-1. This shape, called a resonant shelf (two pictures
lower left), was proposed by psychoacoustician Mi-
chael Gerzon. I like to think of it as a combination of a
shelving boost and a parametric dip (or vice versa). In
the top image, alow Q (0.71) bass shelf below 178 Hz is
mollified by a gentle parametric dip above 178 Hz; all
of which is controlled by a single band of the equalizer.
This type of curve can help keep a vocal from sounding
thick while implementing a bass boost. The bottom im-
age shows the same boost with a high Q of 1.4..
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o EQ Yin and Yang Using Baxandall for air Gentle Baxandall curve (blue/

¥ ; . jolet) vs. “standard” shel,
Remember the yin and the yang: contrasting ranges In Chapter 2, we described the airband as the range s, o il

(green). To approximate a
Baxandall shape try a shelf
with 3 to 6 dB per octave
slope.

have an interactive effect. For example: of frequencies between about 15-20 kHz — the high-

+ Adding low frequencies makes the sound seem est frequencies we can hear. An accurate monitoring

duller, and reducing them makes it seem brighter.

- Adding extreme highs between 15-20 kHz makes the
sound seem thinner in the bass/lower midrange, and
vice versa.

+ Aslight dip in the lower midrange (around 250 Hz)
reduces warmth, and has a similar effect to boosting in

- the presence range (around 5 kHz).

+ Aharsh-sounding trumpet section can be improved
by dipping around 6-8 kHz, and/or boosting ~250 Hz.
» Athick vocal can be helped either by reducing the
lower midrange, or adding presence or both

Yin and yang considerations allow us to work in
either or both contrasting ranges, whichever is most
effective. When the overall level is too high, pick the
range you need to reduce. When an instrument(s)
exhibits upper midrange harshness, pick the frequency
range that will have the least effect on other instru-
ments playing at the same time.

system will indicate whether these frequencies need
help. An air boost is contraindicated if it makes the
sound harsh, or unintentionally brings instruments
like the cymbals forward (closer or louder). A third and
important shape that’s extremely useful in mastering is
the Baxandall curve (blue/violet curve pictured above),
named after Peter Baxandall. Hi-Fi tone controls

are usually modeled around this curve. Like shelving
equalizers, a Baxandall curve is applied to low or high
frequency boosts or cuts. However, instead of reach -
ing a plateau (shelf), the Baxandall continues to rise (or
dip, if cutting instead of boosting). This gentle shape
often meets the ear’s desires better than a "standard”
shelf, especially for whole mixes, which is why Baxan -
dall is very popular in mastering.

As a comparison, pictured above is an API-style
shelving boost (green); true to its name, from about 6k
onup it is a plateau, while the Baxandall curve (blue)
continues to rise, even above 20 kHz (violet portion).
You can simulate a Baxandall shape using an EQ with

Equalization Techniques
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avariable slope or Q. We can also simulate a Baxandall
high frequency boost by placing a parametric equalizer
(Q=~1) at the high-frequency limit (~20 kHz), ignoring
the right hand portion of the bell curve.

Be careful when making high frequency boosts
(adding sparklies). They are initially seductive, but can
easily become fatiguing. The principle of yin and yang
reminds us that the ear interprets a high frequency
boost as a thinning of the lower midrange or bottom. In
addition, when the highs come up, the cymbals, triangle
and tambourine become louder, which changes the bal -
ance of rhythm to melody, for better or worse.

It's All about the Curve

Here are two other curves which we don’t ordinarily
see, but which are available in the DMG Equilibrium.
Below is a Butterworth-shaped bell boost, with a large
plateau, useful when a broad section of the midrange
needs a sharp boost. I confess I haven't tried this one.

400 600 800 1k

Butterworth boost
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The curve on the top of page 61, inthe DMG
Equilibrium, is called a tilt curve. Tilt curves are very
useful for mastering. If a recordingis a bit bright over-
all or a bit bassy, tilt will fix it with a single filter. The
pictured example shows an 0.25 dB bass tilt centered at
1 kHz. Since tilt affects the yin and the yang and extends
to both frequency extremes, even 0.1 dB tilt is clearly
audible. Tilt is equivalent to two first-order shelves
located "back-to-back™.

High-Pass and Low-Pass Filters

On the left of the figure below is a sharp high-pass
(low cut) filter at 61 Hz, and on the right, a gentle low-
pass (high cut) filter at 3364 Hz. The frequencies are
defined as the points where the filter is 3 dB down. Al-

500

though pass filters can be used to solve noise problems
in mastering, they can also introduce problems of their
own, because they affect everything above or below a
certain frequency. High-pass filters can reduce rumble,
thumps, p-pops and similar noises. Low-pass filters
are sometimes used to reduce hiss, but since the ear is
most sensitive to hiss in the 3 kHz range, a parametric
dip around that frequency is more effective than the
radical low-pass filter. For hiss removal, we usually
prefer specialized noise-reduction solutions over static
filters (See Chapter 8).

One channel or both (all)?
In most cases, applying the same EQ adjustment to
both (all) channels is the best way to proceed, because
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it maintains the stereo (surround) balance and the
relative phase between channels. But sometimes it is
essential to be able to alter only one channel's EQ. For
example, with a too-bright high hat on the right side,

a good vocal in the middle and proper crash cymbal on
the left, the best solution is to work on the right chan-
nel’s high frequencies. In Chapter g we will discuss MS
manipulation of equalization.

Start subtly first

Sometimes important instruments need help,
though ideally, they should have been fixed in the mix.
The best repair approach is to start subtly and advance
to severity only if subtlety doesn't work. For example, if
the piano solo is weak, try to make the changes surgi-
cally, and make them:

» only during the solo

+ only on the channel where the piano is primarily
located, if that sounds less obtrusive

+ only in the frequency range(s) that help: fundamen-
tal, harmonic, or both

+ as alast resort, by raising the entire level, because it
would affect the entire mix, though the ear focuses on
the primary instrument

The Limitations and the Potential
of the Recording

If you wait until the mastering stage to fix certain
problems, this invites a compromise, because there

0.25 dB bass tilt. It looks
subtle, but it’s distinctly
audible because it
affects the entire
spectral character.

is only so much that can be done in mastering. But
sometimes mix engineers try to fix things that didn’t
need repair, or overprocess a recording, only making it
sound worse. They do this because: the tool is available
and it’s tempting to use; their monitoring is mislead -
ing; or because of lack of experience (the same thing
can ha.ppen to an inexperienced mastering engineer).

A plethora of plug-ins does not turn someone into an
audio engineer. This is where it pays for the mix engi-
neer to consult with an experienced mastering engineer
before the mix is done. There is little we can do to fix
arecording where one instrument or voice requires

one type of equalization, and the rest require others. In
many cases | recommend a remix. However, if a remix
is not possible, then we might be able to use the special -
ized techniques to be discussed in Chapter 9.

As we discussed in Chapter 2, comb filteringis a
complex problem that is not easily cured with an equal -
izer. Besides, in mastering, EQ affects the entire mix,
not just the offending instrument or voice. It’s best to
first discuss the problem with the mix engineer to see
if he can address the offending track and .
remix. If that is not possible, then pos- The worst part Of
my job is trying to
repair what others

have fixed.”

GrorGE GUERIN

sibly ask for a stem, or as a last resort try an
overall mastering EQ —for example, alower
midrange EQ boost to help a vocal that
sounds thin due to comb filtering, even if it
only touches one band of the comb filter.
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The Story of One

Hip Hop Album

The equalization | chose for
one hip hop album has a deep
shelving filter below about
100 Hz (or possibly below

70 Hz) that we can boost or
cut as required to help the
deep singing low bass note or
bass drop. If the drop in the
original mix needs help, using
this €Q can raise or lower it a
bit, keeping in mind that an
equalizer works on frequency
ranges, not on tracks, per se.
The mix | received was quite
conservative, and the deep
bass drop note benefitted
from being raised. In this
case, since | chose to use

a shelving boost, the low-
est, rumbly part of the note
(below about 30 Hz) became
a bit too strong, so | applied
a subtle high-pass filter as
well. To zero in on the bass
drum thump, | found a bell
curve around 70 Hz (where
the prime resonance or
“essence” of this bass drum
lay —though 60 Hz is a more
common bass drum €Q fre-
quency) with a fairly narrow
Q (about 2). Usually I do not
sweep, but sweeping helped
confirm the best boost fre-
quency for this bass drum to
be 70 Hz.

The male vocal sound needed
a bit of body, and since he
was the prominent instrument
in the 250 to 400 Hz region, a
small bell curve boost around
250 Hz with a Q of 0.7 served
to fatten up the vocal. The
presence of the vocal, the
synth, and the percussive

—> page 63

A perfect mix needs no mastering processing at all!
Because of this, don’t automatically begin equalizing,
butlisten and evaluate first. Many recordings that
sound great leave the mastering studio with no equal-
ization or processing.

Loud and Soft Passages

I almost always begin mastering with the loudest
part of a song. Why? Because loud passages accentuate
those peaks that the ear is most sensitive to. Equaliza-
tion choices that are pleasing during a mezzo-forte
passage may sound harsh during a loud one. We'll talk
about the psychoacoustics of loudness in Section IV
below.

Fundamental or Harmonic?
The extreme treble range mostly contains instru-
mental harmonics. Since the fundamental of a crash
cymbal can be lower than 1.5 kHz, boosting the har-
monics too much makes a cymbal sound tinny or thin.
When equalizing or processing bass frequencies, it
is easy to confuse the fundamental with the second
harmonic. This detail shot of a Spec-
traFoo™ Spectragram illustrates
the importance of the harmonics of

abass instrument. High amplitudes
are indicated in red, and descending H '
levels in orange, yellow, green, then «§ =
blue. Time passes from left to right
like in a concert score.

Notice the parallel run of the
bass instrument’s fundamental
from 62-125 Hz and its second and
third harmonics from 125-250
and up. Should we equalize the

bass instrument’s fundamental | L .
or the harmonic? It’s easy to be

i ﬁ“
el A

fooled by the octave relationship; the answer has to be
determined by ear —sometimes one, the other, or both.
Sometimes I EQ below the fundamental, even as low as
4.0 Hz, which can make the instrument sound fatter and
richer even though there is no subharmonic. Perhaps
this works because the equalizer I used has some
harmonic distortion.

Bass, The Final Frontier®

Since the ear is significantly less sensitive to bass
energy compared with the rest of the sound spectrum,
bass information requires alot more power for equal
sonic impact: around 6 to 10 dB more below about 50
Hz, and about 3-5 dB more between 50 and 100 Hz.”
This explains why bass instruments often have to be
compressed to sound even. It also means that a low
frequency boost introduces so much energy that it can
reduce the highest clean program level we can give to a
song (in cases where the client is demanding a “loud”
master). Fortunately, the ear’s tendency to supply miss-
ing fundamentals (see Chapter 2) works in our favor,
allowmg ustosave energy " by cutting with a fairly
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SpectraFoo™ spectragram of the bass frequencles afsevera[ measures from a rock piece. Read it like an

orchestra score, time runs from left to right. Red represents the highest levels. The bass runs in the 62-125 Hz

fundamental range are paralleled by second and third harmonics.
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gharp high-pass filter, but ideally only if it does not hurt
the quality of the bass drum or the low notes of the bass.
The high-pass filter must be extremely transparent and
have low distortion. Sometimes a gentle filter is a better
choice than a steep one, as when dealing with aboomy
bass drum or bass. But subsonic rumble or thumps
benefit from a steep filter to minimize the effect on the
instruments.” Don't automatically high-pass arecord-
ing: always listen first. Sometimes a bass drum sounds
better with full energy, sometimes not. Always think
musically, e.g., listen in particular to the musical inter-
action between the bass drum and the bass.

The Equal Loudness Contours can seriously affect
the level of bass and bass drum in a mix, because the
ear is much less sensitive to low frequencies, and at
louderlevels it is a bit more sensitive. Thus we have to
be careful that perceived bass level can come up during
mastering simply because we've made the sound loud -
er. When [ listen to a mix that [ intend to make louder
in mastering, I mentally prepare myself to rebalance
the bass, at least a little bit. Mixing engineers should
try to audition their material at the intended listen-
ingloudness to make sure the bass response is in the
ballpark. Also, mixing and mastering engineers should
collaborate to ensure the bass balance is going to be
correct when finally mastered. It’s better to anticipate
this issue during the mixing, because rolling off the
bass during mastering is more of a compromise when
we can’t control the individual instruments’ levels. For
example, sometimes the bass instrument sounds cor-
rect but the bass drum does not.

This issue is aggravated when mix engineers use
small loudspeakers, running the risk of producing an
inferior product. Accurate subwoofers let us hear low
frequency leakage problems that tend to muddy the mix

— for example, bass drum leakage in vocal and piano
mikes. It's much better to apply selective high-pass
filtering during the mixing process, because master-
ing filters will affect all the instruments in a frequency
range. For example, mix engineers may get away with
asteep 8o Hz filter on an isolated vocal, but that’s too
high a frequency for mastering a whole mix.

IV. Other refinements

The Psychoacoustics of Loudness
Psychoacoustician Jim Johnston helps explain the

physiological science behind loudness and in this par-

ticular case, equalization. JJ explains:

Keep in mind that loudness is a perceptual term,
as opposed to intensity or level, which is a mea-
surable quantity. “Partial loudness” refers to
the part of loudness sensation that is due to any
given frequency range, typically given across a
bandwidth of 1 critical band, with spacing of the
centers substantially closer than 1 critical band.
Loudness is the sum of the partial loudnesses.
What we reduce in our central nervous system to
“what we heard” is the result of partial loud-
nesses over time. €Q peaks (boosts) affect the
partial loudness greater than €Q dips, because
of how the central nervous system works.

This nonlinear behavior of the central nervous sys-
tem explains why louder sounds better and why our ears
are more attracted by EQ boosts than dips (at least in an
instant comparison).

The Effect of Psychoacoustics on EQ choices. Let’s
look at equalization from this new point of view. Equal -
izers affect partial loudness in the band that is being
manipulated. Is it possible that much of our prefer-
ence for one EQ setting over another is simply that it

instruments are all married
together in the 5 to 8 kHz
region, so if some of them need
help with a boost, and oth-

ers are too prominent, then a
single €Q would be ambiguous.
Let’s say this vocalist needs
some presence (clarity), as
does (fortunately) the synthe-
sizer. But the percussive claps
and noises are too “sharp”
sounding or hard sounding. We
won’t get anywhere by trying to
both boost and cut in the same
range. By using a single band
compressor (see Chapter 6) in
the same frequency range | was
able to soften the percussive
bite yet still help the presence
of the vocal and synth with

the €Q.

The last band | engaged is a
high frequency shelf (10 kHz
and up), which helped the air
frequencies of the cymbals and
some of the vocal presence. If
the vocal gets too much pres-
ence with the extra HF boost
for the cymbals, | would try just
shelving up the highs in the S
channel (see Chapter 9), since
the vocal is usually centered
and the cymbals are often
more at the sides of the stereo
image. Keep in mind the art of
compromise: if any of these
choices helps one instrument
while hurting another, pick the
most important instrument: see
if the ear focuses on that and
ignores the negative effects on
the other instruments caused
by that €Q choice. Or, don’t
use so much €Q — a very wise
choice!
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sounds louder to the ear? Does the loudness at which
aclip is played affect our judgment of an equalizer?

The answer is, yes, the loudness matters very much!

For example, let’s say I raise the 5 kHz band by a small
amount and it seems to create a better impression of
arecording. If I then carefully lower the gain until the
perceived loudness is the same as the flat signal —the
impression changes dramatically. Try it yourself: it’s
quite surprising. The 5 kHz band, which was originally
making the recording seem a bit louder, is now reduced
in absolute loudness, as are the other bands, and when
instantly comparing the two EQs, the new impression
is that the sound is warmer: there is less presence,
completely changing our impression of the equalizer.
As mastering engineers we have to ask ourselves if it is
really the tonality or simply the instantaneous loud-
ness difference that we prefer. Thus, all equalizers
should have gain controls to let us make the loudness in
bypass match the loudness with the equalizer engaged.
This will guard against unnecessary equalization dur-
ing instantaneous comparisons. Even without gain
compensation, it is good equalization practice during
mastering to avoid switching the equalizer rapidly in
and out, while making instant judgments. Instead, play
the whole passage once with the equalizer inserted and
once bypassed. This will help us to make a more objec-
tive, long-term judgment. It turns out that equalization
is far less important than loudness management itself.

For example, let’s consider a subtractive EQ, which
uses dips instead of boosts, and see why some engineers
react to a subtractive EQ by saying that the sound seems
to “lose quality,” but cannot explain why. The answer
lies in the psychoacoustics of loudness.

Chapter 4,

This EQ curve (below) shows a dip in the lower
midrange.

If we consider the grey line in the next picture as o
dB, the unity gain line, then an EQ dip will lower the
partial loudness of the sound.

]

.

Thus we perceive the sound as less “vivid”, though it
is really just a little less loud (softer). When we apply
some gain to our curve, using the identical equalization
and placing the bottom of the EQ dip at unity gain, then
every other frequency has been raised proportionally.

& - &

Our brains will now hear a bass and treble boost
instead of a midrange dip —and an overall loudness
boost! Our perception of this EQ is very dependent on
the loudness context: that is, how quickly it is audi-
tioned after the flat version, how loudly we play the flat
version, and how loudly we play the equalized version!

When we raise the gain just enough to match the
loudness with the flat sound, the loudness disadvantage
of the subtractive equalization goes away and we can
judge the EQ setting on an equal footing.

y— : ]

Be aware that it is extremely difficult to exactly
match the loudness of different equalizations —so the
grand illusion is always going to be part of the job of
adjusting an equalizer. I'm not suggesting you obsess
over this discovery: just be aware of the loudness factors




that influence your sonic decisions. Keeping these
principles in mind, the underrated subtractive EQ will
become as important a part of our creative palette as
additive EQ.

Shaping the Shapes

The shape of the curve is very important to percep-
tion and the practice of equalization. Pictured (below)
is a midrange dip, using a single bell curve. Notice that
the high and low frequencies are flat. If the center of the
bell were flat instead of curved, it might be perceived as
abass and treble boost instead of a midrange dip.

Simple midrange dip. Notice that the high and low frequencies are flat.

Nextis a curve (top right) created by boosting a
“classic” low and high shelf. Notice how much the
middle of this curve resembles the above midrange dip,
except that the middle is flat. We do hear a brightening
and "bassy” effect, but primarily we notice a “presence
boost™? because the rising (diagonal) portion of the
shape tickles the ear. This is the shape to use if you're
looking for upper mid-frequency presence more than
sparklies at the high end, or mid-bass tone more than
deep bass punch at the low end. We notice the sloped
portion of the curve more than the flat portion at the
frequency extremes, since the flat portion becomes a
sort of reference for the ears, even though both ex-
tremes are boosted entirely above the midrange.

“Classic” low shelf and high shelf boost. Notice the resemblance of the flat-topped
frequency extremes to those in the midrange dip.

Here is a “smiley curve” (below) created by using two
shelving boosts with adjustable shape, set to a gentle
slope. The smiley curve extends the sonic effect all the way
to the frequency extremes, because the curves are never
flat. It can simultaneously produce punchy deep bass and
sparkly treble. No wonder it's so popular! Admittedly, one
of the reasons this shape is popular is because it sounds
louder on an A/B comparison with the original (unless the
gain is compensated). Contrary to the classic shelf, the
high boost of a smiley curve can sound very smooth in the
upper midrange, almost invisible, because it works gently
and continuously.

A “smiley curve” formed by two shelves with adjustable shape. It resembles

a low and high Baxandall boost.
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Magnitude (dB)

"Mastering
is the art of

compromise.”

10 Frequency Response

The Pultec Curve

Pultec is a brand name of the company Pulse
Techniques, formed in the early 19508 and no
longer in existence. The much-revered Pultec
equalizers have been revived in a few pieces of
hardware, and in some plug-ins that emulate the
distortion characteristics of its analog electronics
and reproduce its unique curves. The frequency re-
sponses (pictured below) were obtained by combining
alarge Pultec low-frequency boost with a small low-
frequency cut, both at 20 Hz. In the red curve, it appears
as if an additional lower-midrange dip has been added,
as if by magic. But the real explanation is that the cut
frequency is purposely offset from the boost frequency
by 100 Hz, so a bass boost and cut of exactly the same
amount would have flat response in the bottom, but
would create a dip in the lower midrange. It is a versa-
tile trick, giving the effect of three bands with only two
controls. A Pultec can be used to create many other nice
effects, which you can learn about by reading the Bet-
termaker User Manual (which I helped write).

1-‘ PEQ 8 boost @ 20 w/3 atten
M| Aug 7,2011 10:40:11 PM

| 8 boost @ 20 w/6 atten
| \ ‘ Aug 7, 2011 10:36:53 PM

100 1K
Frequency (Hz)

10k

Pultec response curve obtained by simultaneously applying bass boost and bass cut.

The violet curve has more bass cut than the yellow.
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Analog Equalizers

Analog equalizers are still widely used by master-
ing engineers, in part because of the ergonomics, since
knobs are much easier to use than computer mice.
That said, outhoard digital and digitally-controlled
equalizers like the Weiss and the Bettermaker combine
analog-style ergonomics with digital control flexibility
—such as A/B switching, memories, and so on. Ana-
log equalizers are also popular because they can easily
produce a warm sound, compared with the early digital
equalizers, which sounded somewhat "sterile.” But
digital designers have learned a lot and this is no longer
so true. (We discuss this in Chapter 22.) In addition, the
curves of analog equalizers are not constrained by the
Nyquist frequency, so they remain more natural at the
high frequencies. Yet even then, clever digital designers
have found ways around that boundary. The advantage
of digitally-controlled analog equalizers is that they com-
bine the power of digital with the sound of analog. There
are only two extant models to my knowledge: The SPL,
which has motorized faders, and the Bettermaker, which
uses active-controlled circuits and has excellent sound
and ergonomics (pictured page 67, top). I won't get into
the sonic differences between these two models. Let
me just say that you should not leap to conclusions, and
carefully audition each one.

Linear phase Equalizers: The Theory

All current analog equalizer designs, and nearly all
current digital equalizers, produce phase shift when
boosted or cut: that is, signal delay varies with frequen-
cy, and the length of the delay changes with the amount
of boost or cut. The higher the Q, the more the phase
shift. This kind of filter will always alter the musical
timing and wave shape, also known as phase distortion.
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However, we've grown quite used to the sound and ef-
fect of phase distortion. Let me elaborate.

In the figure (bottom right) we graph the phase
response of two equalizers, each with a bell curve
boosted at 100 Hz. Vertical scale is phase in radians,
horizontal scale is frequency. In red is a minimum
phase (MP) EQ, and in green a linear phase (LP).
Notice that the linear phase EQ’s phase response is
astraight line, and the phase of the MP takes a nose-
dive at the center frequency of the boost. What does
this phase shift actually mean?

Jim Johnston outlines the fundamental technical
differences:

Whenever you have to equalize, you will alter the
signal in both the time and frequency domains
(as mathematics requires); there will always

be a time artifact. In the analog style equal-
izer, which is usually mathematically termed
minimum phase, the alteration will be primarily
to spread the signal downstream, i.e., it does
not lead the original signal by much, if any. A
downstream modification translates into differ-
ent delays at different frequencies, dispersing
the original signal. In some cases this effect is
quite audible. If one uses a digital approach,one
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can either mimic the analog behavior, or use a
linear phase, a.k.a. constant delay filter. This
filter will equally precede and follow the signal;
part of the filter may create a pre-echo effect,
modifying the leading edge of transients and
signal changes. A high Q linear phase filter can
introduce audible pre-echo in the short milli-
second range; it’s exactly like a floor bounce but
without the comb filtering. Any time that a high
Q filter is used, careful listening with both types
of equalization may be necessary to decide
which choice is best."

Bettermaker €0 230P
digitally-controlled analog

equalizer. Only two models of
digitally-controlled £Qs exist
to my knowledge. This model
has 399 memories, a remote-
control program and contents
can be stored via sysex.

({(acourate)))® - 7A42

1,000

10,000

Phase graph of a 100 Hz parametric boost. In green, linear phase, in red, minimum phase.
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sound equally on both sides of the impulse. Some say
that echoing before the impulse should sound unnatu-
ral, but please consider the amplitudes. This LP EQ is
very well-behaved: its echoes have half the amplitude
of the MP and shorter duration. The MP has twice

the undershoot (6 dB more), plus an overshoot, and

it oscillates twice as long as the LP after the impulse.
Some of the LP’s pre-echo will be masked by temporal

e T masking, as will the post-echo of both impulses. Who

'o-m':x:;lu:f{rmiln.!ilamjuuio;|»;,y|1;zllyiu|x|1rH]J;HU
B R B MO M W R 8= AR BN SR WS is to say which one of these EQs sounds better, based on
| — OrocLpBer 27693296 ¥ — OrooMP bl 327693206 |~ — Dirac MP B 32766 320R | the appearance of the impulse? I know for sure that they
Impulse response of 100 Hz This graph (above) plots the impulse responses of sound very different.

bell curve. In green, minimum  th ege two styles of EQ, made with the help of the excel-

phase, in red, linear phase. As computer power has improved, it is now possible

lent analysis program Acourate. The horizontal scale to implement high quality FIR (finite impulse re-

%S Bussgne b Vf:rtical S émplitude with.cadh sponse) filters with a very clean impulse, which can be
imeplseonemalized toan amphitudeef o Thepulsss: 050 00 1P ar MP, The DM Bquilibeiom s the
are intentionally offset from one another for clarity. first plug-in equalizer to give users the choice of phase

Aty e-muyle, yuetiie-goiko Sapieviiiuns B response, FIR impulse-response length as well as the

would look like a vertical line perpendicular to the o

In red, amplitude response window parameters. One band of this EQ can be LP, an-

of a 100 Hz bell curve made
with a 32768-sample IR. In  sound. The minimum phase (green) spreads the sound

green, thesame EQ withonly  after the impulse. The lin reads the ; A .
2048-sample IR, o pulse. The linear phase (red) sp izer can produce ripples in the frequency response, or

axis. But we can see that both equalizers spread the other can be MP: this proves very useful in mastering,

aswe shall see. If the windowing is wrong, an equal-

distortion due to wraparound. The latter is revealed in

054--
PE a clever graph in the DMG setup window. If the impulse
453 response is too short, the frequency response becomes
23 very ragged. So, the longer the impulse length, the
257

more accurately the filter reflects its design goals. The

A

a5 penalty of using long impulse length is latency. This

is not a problem in mastering if the DAW has latency
compensation, which synchronizes the waveform

with the sound being monitored. Latency is of course
a problem in recording and mixing, so long impulse
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response equalizers are not very common. But they do
sound better! At lower left is the shape of our 100 Hz
IF/' —— Dirac MP Bell 32768 3296 ¥ ——— Dirac MP Bell 2048 3286 [ —— Dirac LP Bell 32768 329| bell curve comparing a 2048 —Sample impulse reSpOnSC
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(green) with a 32768 sample response (red). As you
can see, the shorter IR makes a very poor bell curve: it's
off frequency, its peak is almost 3 dB low, and it hardly
dips at all below 100 Hz. Higher sample rates produce
worst discrepancies unless the impulse length is made
high enough. High pass filters are very ineffective when
implemented with short IR lengths. For mastering and
other critical applications I recommend 32768 —or
else stick with good ol’ fashioned IIR (infinite impulse
response) filters that do not need an impulse response
specification, but could oscillate or cause aliasing at
high frequencies.

Linear phase EQ: The Sound

Many of the qualities (including the “bite”) we've
grown accustomed to in minimum phase equalizers
are due to their phase shift. In fact, John Watkinson
believes that much of the audible difference between
EQs comes down to their different phase response.” LP
equalizers have come a long way since we published the
second edition of this book.

The LP can boost or cut frequencies without alter-
ing distance, which in itself is a powerful characteristic
if you don’t want to alter the depth. During mixing,
equalization is usually done on an individual instru-
ment, so even if the instrument moves closer in the
soundstage when you boost its frequencies, the mix
engineer can control depth with level, reverb, or other
tools. But during mastering, it’s not good to smear the
depth, although we have been doing it for years with our
analog equalizers. Altering the level of an LP frequency
does not move instruments forward or backward in
the soundstage. It's possible to raise or lower the high
frequencies without moving the cymbals forward or
backward, thus preserving the accurate position of

the drumset in the ensemble while avoiding shrink-
ing the distance between the front and back row of the
group. So LP is far more useful for mastering whole
groups than mixing individual elements. I performed a
shootout of the DMG's LP versus MP using a recording
of an acoustic ensemble which needed a high frequency
shelving boost. The LP was the clear winner, with great
depth and a distinct soundstage. The MP appeared to
shrink both the width and the depth. To my ears, the

LP was as transparent as the MP when the impulse
response was set to 32768. There was no loss of clarity,
and the LP EQ did not cause any softening of the sound,
contrary to my previous experience with LP equalizers.
On the contrary, it was the MP equalizer that distorted
and warped the sound. And this was a multimiked
acoustic recording, not some special “audiophile” pro-
duction. For me it was no contest. I've already started
using LP high frequency shelves in my mastering work.

I especially love the ability of LP to keep high hats
from moving forward when boosting in the cymbal
range. Alan Silverman (in correspondence) says,

€Q’ing frequency ranges [in LP] is more like
raising or lowering a fader in a mix than €Q’ing.

If you're looking for an aggressive sound, perhaps
the MP is your best choice. But if you are looking for a
natural sound, particularly at high frequencies, LP is
your choice. Narrow-band peaks and dips can be ac-
complished in linear phase, avoiding
the smeary quality that occurs in
minimum phase with sharp bands.
The jury is still out on which type of
equalizer is best for low frequencies.
Preliminary comparisons seem to
show that LP may sound worse than

Equalization Techniques
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the yang: Contrasting
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MP at low frequencies. There is much to learn, and I
still have to become familiar with all the advantages
and disadvantages of the two types. But it’s a brave new
world: equalizers have evolved, and it is time for mas-
tering engineers to consider the use of LP equalizers.

Dynamic Equalization

Dynamic equalizers (like the Weiss EQ1-Dyn)
emphasize or cut frequency ranges dynamically, as
opposed to static, or fixed EQ. Thresholds set a level
above or below which a band is dynamically boosted or
cut. This extra amount is added to a static setting. For
example, above the threshold we can lower the high
frequency response; we could start a static band at, say
+1 dB, but to prevent harshness at high levels, slowly cut
the band’s level when the signal exceeds the threshold.
Dynamic EQs can be used as noise or hiss gates, rumble
filters that function at low levels (especially useful

Chapter 4,

for traffic control in a location classical recording),
sibilance controllers, presence enhancers or ambience
enhancers. They can enhance inner details or clar-

ity of high frequencies at low levels, where details are
often masked by noise. Or they can enhance warmth by
raising alower midrange band at low levels, but prevent
the sound from getting muddy at high levels. Multiband
dynamics processors (see Chapters 6 and 7) can also
perform dynamic equalization.

That brings us to the end of our discussion of equal -
ization techniques. The many exciting new equalization
tools and techniques we've described here offer lots
of new options for your mastering workflow. But keep
in mind what we said at the beginning of the chapter:
changing anything affects everything. It’s just part of
the “Law of Unintended Consequences!”




pter g will discuss ways to overcome the first principle, and reduce the
compromise.

e may believe we have “the absolute sound” in our heads, but are sur-
ed to learn how much the ear/brain accommodates. If we play a bright
bum immediately after a dark one, at first there is ear shock, but we
uickly adapt, though the new sound continues to affect subliminally. The
me thing happens in photography and motion pictures, after an initial
shock, the change to “Kodachrome” becomes subliminal.

3

Overly bright records become dull on FM radio due to high frequency

FM broadcast limiters. Thus FM radio processing makes creating bright
recordings self-defeating.

In 1967, George Massenburg began the search for a circuit he could use to
-independently adjust an equalizer’s gain, bandwidth and frequency. The
ke word is independent, for most analog circuits fail in this regard and the
frequency, Q, and gain controls interact with each other. His circuit, which
he calls a parametric equalizer, remains proprietary today.

‘Some equalizers define bandwidth in octaves instead of Q. An online con-
verter between Q and bandwidth can be found in the links.

6
‘With apologies to Captain Kirk.

is dictated by the psychoacoustic Equal Loudness Curves, first re-
searched by Fletcher, Harvey and Munson in the 1930’s. And revised in
[SO 226:2003.

i'l'istoﬁcally. the high pass filter was crucial when making LPs, to prevent
excess groove excursion and obtain more time per LP side, but digital
‘media do not have this physical problem.

%o. Virginia, there is no such thing as an absence filter.
10

Jim Johnston, in correspondence.

11

(9/1997) Studio Sound Magazine.

“The perfect mix may
need no mastering
processing at all!”

Equalization Techniques
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How To Manipulate
Dynamic Range

for Fun and Profit:
Macrodynamics,
Loudness Range

I. The Art of Dynamic Range
EBU R-128 Loudness Range

This is the first Chapter in a trilogy about dynamic range. The term
dynamic range refers to the difference between the loudest and soft-
est passages of a recording; it should not be confused with loudness
oraprogram’s average level. Ironically, it wasn't until the year 2012
that we officially agreed on how to measure dynamic range. Before
that, we had no measurement method to deal with the following is-

sues:

- If a song fades out to silence, can we claim it has go dB of dynamic
range?

- Does adding a spoken-word introduction to a hard rock song give
it 40 dB of dynamic range instead of only 57 '

- Does a 10-second soft passage in a pop song negate the effects of
its otherwise constant loudness?

The answer to all three questions is, “of course not.” So how can
we judge the effectiveness of a brief soft passage in the middle of
a highly compressed song? The answers lie in two groundbreak-
ing developments. The first is the international audio standard for
measuring loudness, ITU BS.1770-3 (third version), which tells
us how to measure both a program’s Integrated Loudness (also
known as Program Loudness) and its True Peak Level. It's set by



My master of Grand Fantasie

the International Telecommunication Union (ITU).
The second breakthrough is the European Broadcasting
Union’s recommendation R-128, which defines a
program’s Loudness Range (abbreviated LRA). This is
the first formal definition for how to measure dynamic
range. In this book, whenever we say “dynamic range,”
we always mean the EBU-R128 definition LRA. In Chap-
ter 16 we will describe in detail how LRA is measured,
but for this chapter we'll concentrate on the subjective
art of manipulating dynamic range.

A musical work that includes soft and loud passages
usually sounds more natural and can sound more excit-
ing than one that does not. The typical measured LRA
of a popular music recording is only 6 to 8 dB, but when
the music is suitable and I'm given the opportunity, I
enjoy working with material that has far greater LRA.
In 2012, Rudolph Ortner', who was a masters student
in audio at the time, produced a comprehensive thesis
that measured and statistically analyzed over 10,000
charting popular music recordings made between 1951
and 2011. Ortner determined that the median LRA
of popular music has consistently been 6 dB (plus 1,
minus 2 dB) for each of the past 60 years! This means

from Die Walkure, performed by that popular music producers have been very consistent
the U.5. Marine Corps band, has  in the dynamic range that they judge to be suitable. But

an amazing extreme LRA of 19.3

it does not mean that there was no loudness race; on the

dB and its program loudness is L
-20.5LUFs. contrary, other statistics uncovered by Ortner reveal

74

Chapter 5

the egregious extent of the race. Furthermore, Ortner
determined that producers have held soft passages of
popular music about 5-7 dB below the program level with
some variances (See Chapter17). Classical, jazz, many
acoustic and some electric styles exhibit larger dynamic
range. A symphonic recording may have an LRA of 10
to15dB, or inrare cases, more. Pictured (below left) is
the waveform of a classical recording I mastered with
extreme dynamic range, with a very rare LRA of19.3 dB
(pretty much the difference between a whisper and a
shout). Reflecting the high standards of its producers,
this recording’s soft passages strain the ability of even

a quiet room — its loud passages entertain the soul and
move the gut.

Macrodynamics and Microdynamics

Dynamics can be divided further into two catego-
ries: Macrodynamics —loudness differences between
sections of a song or song-cycle, measured by LRA; and
Microdynamics — the music’s rhythmic expression,
transient quality, integrity or bounce, which involves the
music’s short-term peaks. Dynamics processors (such as
compressors, expanders) can affect the music’s micrody-
namics as well as its macrodynamics. Manual gain riding
can only affect the music’s macrodynamics, since we can’t
move a fader fast enough to affect the short term peaks.
But we can affect microdynamics by editing very short
moments. The micro- and macro- manipulations work
hand in hand, and many good compositions incorporate
both microdynamic changes (e.g., percussive hits or
instantaneous changes) as well as macrodynamic (e.g.,
crescendos and decrescendos). Think of a music album
as a four-course meal: The progression from soup to ap-
petizer to main course and dessert is the macrodynamics.
The spicy impact of each morsel is the microdynamics. In
this Chapter, we’ll concentrate on macrodynamics.




The Art of Reducing (compressing)
Dynamic Range

The dynamics of a song or song cycle are critical
to creative musicians and composers. As engineers,
our quality reference should be the sound of alive
performance: we should be able to tell by listening
if arecording will be helped or hurt by modifying its
dynamics. Even when mastering largely-constructed
genres like hip hop, [ use the dynamics of live perfor-
mance as my standard. In a natural performance, the
choruses should sound louder than verses, ensembles
louder than soloists, and the climax meaningfully
louder than the rest. Many recordings have already
gone through several stages of compression of dynamic
range, and indiscriminate or further dynamic reduc-
tion can easily push the clarity and the impact downhill.
However, usually the recording medium and intended
listening environment simply cannot keep up with

~ the full dynamic range of real life, so the mastering

engineer is often called upon to raise the level of soft
passages, and/or reduce loud passages, which can be
done by manual compression,* moving the fader up or
down, or manipulating gain in a workstation. We may
reduce dynamic range (compress) when the original
range is too large for the typical home environment,

- or to help make the mix sound more exciting, fatter,

more coherent, to bring out inner details, or to even out
dynamic changes within a song if they sound excessive,
which is definitely a subjective judgment.

Experience tells us when a passage is too soft. As we
mentioned in Chapter 3, the ear’s sensitivity changes

‘with the context, so a soft introduction located imme-

diately after a loud song may have to be raised —but a
similar soft passage in the middle of a song may be just
fine. Meter readings are fairly useless in this regard.

How soft is too soft? As a case in point, the engineers at
Lucasfilm discovered that having a calibrated monitor
gain and a dubbing stage with a very low noise floor do
not guarantee that a film mix will translate to the the-
atre. During theatre test screenings, some very delicate
dialogue scenes were being “eatenup” by the air con-
ditioning rumble and audience noise in a real theater.
So they created a calibrated noise generator, labeled
“popcorn noise,” which could be turned on and added
to the monitor mix whenever they wanted to check a
particularly soft passage. For similar purposes, our
alternate listening room at Digital Domain has a ceiling
fan and other noisemakers. Whenever I have a concern,
I start the DAW playing a loud passage just before the
soft one, and take a walk to the noisy listening room.

The Art of Increasing Dynamic Range

Increasing dynamic range can also make a song
sound more exciting, by using contrast or by increas-
ing the intensity of a peak. The key to success here is to
recognize when an enhancement has become a de-
fect —musical interest can be enhanced by variety, but
too much variety is just as bad as too much similarity.
Passages that are too loud compared to the average can
disturb listeners, especially those playing music quietly
as background (which, sadly, seems to be becoming
the norm). Another reason to increase dynamic range
is to restore, or attempt to restore, the excitement of
dynamics that were lost due to multiple generations of
compression or tape saturation.

The Four Varieties of Dynamic Range
Modification

We always use the term Compression for the reduc-
tion of dynamic range and Expansion for its increase.
There are two varieties of each: downward compres-

Dynamic Range:
Macrodynamics, Loudness Range
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MYTH:
“Of course I've got
dynamic range.
I’'m playing as
loudly as | can!”?

——
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Loud

Original
Dynamic
Range

Soft

. COMPRESSION

Downward

Any combination of these four processes may be employed in a mastering session.
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sion, upward compression, downward expansion,
and upward expansion, as illustrated above.

Downward compression is the most popular form
of dynamic modification. It brings high-level pas-
sages down. Limiting is a special case: it is downward
compression with a very high ratio (ratio and other
dynamics terms are explained in the next chapter). Ex-
amples include just about every compressor or limiter
you have ever used. Downward compression can easily
be done manually, by simply lowering the level of loud
passages, without introducing the artifacts of compres-
sion processors. Note that compression processors can
decrease microdynamics, while manual compression
usually does not.

Upward compression raises the level of low
passages. This too can be done manually or through
a processor — for example, the AGC, which some
broadcasters use to make soft things louder. It’s the
type of compressor frequently used in consumer
camcorders, whose pumping and breathing artifacts
have given AGC a bad name. In Chapter 7 we will

Chapter 5

_

EXPANSION

introduce a more effective
upward compression
processor that is extremely

i Upward transparent to the ear. For

Compression Expansion _ P .

New Original New clarity, we will always use

_— Dynamic Dynamic i Dynamic the short-term compressor to
Range Range Range mean downward compressor
unless we need to distinguish

Upward Downward it from upward compressor.
Compression Expansion

Downward expansion
is the most commonly used
type of expansion: it brings

low-level passages down further. Most downward
expanders are processors employed to reduce noise,
hiss, or leakage. A dedicated noise gate is a special
case —that is, downward expansion with a very high
ratio. Examples of downward expanders include the
classic Kepex and Drawmer gates, Dolby and similar
noise reduction systems in playback mode, expander
functions in multi-function boxes (e.g. TC Finalizer),
and the gates on recording consoles. For clarity,

we will use the simple term expander to mean the
downward type, unless we need to distinguish it from
the upward type.

Upward expansion takes high-level passages
and brings them up even further. This can be done
manually, thereby increasing macrodynamics, or
with a processor called an upward expander, which can
increase both macro- and micro- dynamics. Upward
expanders are relatively rare; in skilled hands they
can be used to enhance dynamics, increase musi-
cal excitement, or restore lost dynamics. Examples
include processes available in DMG, Flux, Maselec,
UAD, Waves and Weiss dynamics processors. I've spent




alot of time and effort over the past decade working

‘ with manufacturers to encourage the development of

\ upward expanders. I'm pleased to see they have begun
to proliferate.

Il. The Art of Manual Gain-Riding:
Macrodynamic Manipulation

In General

During mixing it is difficult to simultaneously pay
attention to the internal balances and the dynamic
movement of the music from section to section — for
example, verse and chorus. Sometimes engineers inad -
vertently lower the master fader during the mix to keep
it from overloading. If performed during a build, this
will strip the climax of its impact. In mastering we can
enhance a well-balanced rock or pop mix by taking the
dynamic movement of the music where it would like to
go. Delicate level changes can make a big difference: it’s
amazing what a single decibel can accomplish. It’s also
important to make sure the client’s own level change

| was not intentional before attempting a correction.

The Art of Changing Internal Levels of a Song:
How and When to Move the Fader
Artisticlevel changes can really improve a produc-

- tion, but they need to be made in the most musical way.
To this end, internal level changes are least intrusive
when performed manually (by raising or lowering the
fader), as little asa1/4 dB at a time, as opposed to using

Processors such as compressors or expanders, which
tend to expose their action.

When riding the gain, aim just to augment the natu-
ral dynamic flow: if the musicians are trying for upward
Impact, pulling the fader back during a crescendo can be
detrimental, since it will diminish the intended impact.
Extra-soft passages require special attention. If the

highest point in the song sounds “just right” after pro-
cessing, but the intro sounds too soft, it’s best to simply
raise the intro, finding just the right way to restore the
gain using one or more of these approaches:

- aquick edit and level change at the transition
between the raised-level intro and the normal-level
body. This can have a nice effect and be the least
intrusive.

- Ifthat doesn’t sound good, try a long, gradual lower-
ing of the gain, which might occur at the end of the
intro, or slowly during the first verse of the body.

- If that doesn’t work, then after the raised intro, try
aseries of 1/4 or 1/2 dB downward edits, taking the
sound down step-by-step at critical moments. This is
useful when we don’t want the listener to notice that
we're cheating the gain back down, and we may be
forced to work against the natural dynamics.

Retaining Dynamic Impact while Reducing
Dynamic Range

Some soft passages must be raised, but if the musi-
cians are trying to play something delicately, pushing
the fader too far can ruin the effect. The art is to know
how far to raise it without losing the feeling of be -
ing soft, and to find the ideal speed to move the fader
without being noticed. In a DAW, physical fader moves
are replaced by crossfades, or by drawing gain changes
on an automation curve. The mastering engineer’s aim
isto be invisible; if the sound is being audibly manipu-
lated, the job has not been done proper]y.3 Many years
ago, I learned a technique for decreasing dynamic range
in the least damaging way from Alec Nesbitt's book The
Technique of the Sound Studio. If we have to take aloud
passage down, the best place to lower the gain is at the
end of the preceding soft passage before the loud part begins.

Dynamic Range:
Macrodynamics, Loudness Range
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UNITY GAIN -1.5 dB GAIN
T"“"“mmmm'éﬂm Look for a natural dip or decrease in energy, and apply

- ﬁ h ‘ , kil the gain drop during the end of the soft passage before
o 9 ol " the crescendo into the loud part begins, or in the gap
W’L_\ PP just before the loud part. In other words, take down the

w00/ oossooo ___oonoo SRR oye] during a decrescendo, not during the loud passage

WWMM'J\MWWMW that follows. That way, the loud passage will not lose its
W WWM“WWMW comparative impact, for the ear judges loud passages in
-—-.-:L ! the context of the soft ones.

00 43'40 00 ) 00 3150 00
143 :40 ;! ;43 :50 !
The figure (top left), from a Sonic Solutions work-
| TAuaition™ ™| [ Lock Sound In Place Edit Point Offset: . i " - Th b ol i
. AuditionBoth | Power Lock ® Align Ripple Until Black Fade Template station, 1llustrates the technique. Lhe gain change 1s
Envelove  Duration Overlap  dbidown Aluha - accomplished through a crossfade from one gain to
[ Fade-Out [ Cosine  v|12.0657 |49.8208% |6.0 Untitled-Fade | i
N Toie oy g P another. The producer and I decided that the shout
Ndge: : ; == chorus of this jazz piece was a bit overplayed and had
O ..0:00.12 <:':| Q . . \ R to be brought down from triple to double forte (which
s ‘ amounted to one dB or s0).* To retain the impact of
@ ..0:15.00 ! ‘ ‘ ‘
& Audition @ AutoZoom | HIE | @& 2= [(Eo<=] the chorus, we slowly dropped the level during the

The modern version of fader-riding. In Sonic Solutions’ “classic” edit window the outgoing edit is on top, soft passage juSt before the drum hit announcing the
the incoming on the bottom. Note that the gain drop is performed in the soft passage preceding the loud chorus. In the crossfade window, we constructed a 12

downbeat, thus preserving the apparent impact of the downbeat. second crossfade from unity gain (tOp panel) to _1'5 dB
gain (bottom panel); the drum hit is just to the right of
the crossfade box. This drum hit retains its impact by
contrast, because the musicians’ prior delicate decre-
scendo has been enhanced during mastering.

u

Enhancing Dynamic Impact in a Natural Way

In this next figure (bottom left) we have purposely
lowered the level of an introduction in order to cre-
ate an impacting crescendo in the body of the song. I
reduced the intro and slowly introduced a crescendo
(20 seconds long) that enhances the natural build as it
goes into the first chorus. The top panel is at -1 dB gain,
and the bottom panel is at unity (o dB) gain, achieved
atthe end of the crossfade. Another way to increase
the dynamic impact is to increase the space between
two songs. This extends the tension caused by silence

T
00:32:30:00.00

A soft introduction has been reduced even further, and the impact of the body of the song is enhanced
by gradually increasing the gain during the beginning of the main part of the song.
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‘and acclimates the ear to the silence, so the next song’s
loudness becomes a surprise.

Leveling The Album to Achieve Good
‘Dynamic Range

Here’s an example of how I may level the songs in a
rock album to achieve good dynamic range. Take alook
at the image (top right). The client wants this acoustic
rock album to be mastered “as open and natural and
dynamic as possible.” The second track was mixed
by a different mix engineer, who peak-limited and
squashed his mix. [ improved its sound, helping it to
'sound more open, through micro- and macro- dynamic
techniques, but you can still see that the peaks of this
'song are totally gone. The important thing to learn is
that waveform peaks have nothing to do with a program’s
loudness. For example, the second songlooks like a
flat square wave. The first and third songs, however,
‘have considerable short-term peaks, which we need
to preserve if we want the album to sound open. It may
surprise you to learn that the second and third track are
equally loud! The first track pictured is a ballad and so it
has to be made soft. The third track sounds much more
open, spacious and dynamic, and as you can see, uses up
of the available headroom with its superior peak-to-
loudness ratio, which we’ll discuss in the next chapter.
To master this album, I would start by mastering the
third track, taking it to its sonic potential, and adjusting
the loudness of all the other tracks relative to it. If | had
started mastering with the second track, and had made
it louder, it would have forced me to squash the peaks
of the third track, taking away its “open” quality. So the
est thing to do is to leave headroom, and not fill up all
the peak space with the limited tune.

An album that begins with a soft ballad, followed by a compressed rocker, followed by a more open-sounding

rocker. The second and third tunes are equally loud!

In Conclusion

Macrodynamic manipulation is a sometimes over-
looked but powerful tool in the mastering engineer’s
arsenal. In the next installment of our Dynamics
Trilogy we move on to the use of compressors, ex-
panders and limiters to manipulate both macro- and
micro- dynamics.

1
Ortner, Matthias Rudolf (2012) Je lauter desto bumm! (The Evolution of
Loud). Master’s thesis, Danube University Krems

2

Please do not confuse the term dynamic range reduction (compression) with
data rate reduction. Digital Coding systems employ data rate reduction, so
that the bitrate (measured in kilobits per second) is less. Examples include
mp3, AAC, Dolby Digital (AC-3). Since it’s not good to refer to two differ-
ent concepts with the same word, we should encourage people to use the
term Data Reduction System or Coding System when referring to data. Use
compression only when referring to the reduction of dynamic range.

3

This is true for most of the "natural” music genres, with some exceptions
being hip-hop, psychedelic rock, performance art, etc. where the artists
invite the engineer to contribute surprising or rococo dynamic effects.

Producers don’t always use classical Italian dynamic terms to describe
their needs. The mastering engineer should choose the
bonding language which is best for the client — "Make it
louder, man!”

“Wayveform peaks
have nothing to do
with a program’s
loudness.”

A common misconception. Thanks to Gordon Reid of
Cedar for contributing this audio myth.

Dynamic Range: 79
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How to Manipulate
Dynamic Range for
Fun and Profit:
Downward
Processors

l. Introduction

Chapters 6 and 7 discuss those ubiquitous devices
we call dynamics processors. We must study their objec-
tive characteristics to learn how to use them effectively.
In this Chapter we begin with traditional compressors
and limiters, the vast majority of which are “downward
processors,” to see how they affect the macrodynamics
of sound and musical movement — in other words, the
variations in the loudness of the music. As we move along in
the Chapter we'll also see that downward processors can
affect music’s microdynamics —that is, the momentary
(short) transients, that affect the perceived quality and
clarity of the sound.

If I raise the gain of a recording by turning up a fader,
it will obviously sound louder. And its loudness goes up
linearly with the movement of the fader: for every dB that
the faderis raised, the loudness goes up one dB, or more
formally, one LU (loudness unit). But if that record -
ing’s peaklevel is already at full scale, seen as o dBFS
on a peak meter, raising the fader will clip, or overload
the sound. It may still sound somewhat louder, but that
additional loudness is now accompanied by the distor-
tion of the digital medium. From this point on, as [ raise
the fader, the perceived loudness increase is no longer
proportional to the amount that [ raised the gain, because
the digital medium itself pulls back the peaks of the
sound while it adds distortion. By clipping, the medium
itself is peak-limiting the signal, in the most primitive
and distortion-ridden way. The first compressors and



"Downward compression
makes the loud passages
softer.”

Three transfer curves.

(From left to right). Amplifiers
with Unity-Gain, 10 dB gain,
and 10 dB loss (attenuation).
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limiters were invented in the
analog era to prevent overload
without causing clipping distor-
tion — specifically, to reduce

the saturation of analog tape or
prevent the overmodulation of a
radio transmission. Afterwards,
audio engineers discovered their use for creative
purposes: to modify sound, to help create punch, to
aid in mixing because they allowed softer instruments
to compete effectively in a mix with louder ones, and
many other creative uses.

Il. Compressors and Limiters:
Objective Characteristics

Transfer Curves (Compressors and Limiters)
Linear means a straight line. A transfer curve (or
plot) displays the input-to-output gain characteristic
of an amplifier or processor. Input level is plotted
onthe X axis, and output on the Y. Alinear amplifier
shows a straight line (not a curve), hence the name.
The figures (below) show a family of linear plots at 3
different gains. Unity gain means the ratio of output
to input levelis 1, or o dB, so a unity-gain amplifier
shows a straight diagonal line across the middle at 4,5°,
called the unity gain line. From left to right: unity gain;

_ARENZA Annya

-40 + : : -40

€0} / - e BTe) S

80! L 3 3 ! 80| -

10 dB gain; 10 dB attenuation. Notice that the middle
plot would clip the medium, and would yield distortion
for any input signals above -10 dBFS.

The threshold of a compressor is the level at which
gain reduction begins. Compression ratio describes
the relationship between input and output above the
threshold. Figure A (next page) is a simple compres-
sor with a fairly gentle 2.5:1 compression ratio, and a
threshold at around -4.0 dBFS (which is quite low and
would yield strong compression for loud signals). 2.5:1
means that an increase in the input of 2.5 dB will yield
anincrease in the output of only 1 dB, or for an input
rise of 5 dB, the output will rise by only 2 dB, or as can
be seen in the plot, an input change of 20 dB yields
an output change of slightly less than 10 dB (once the
curve has reached its maximum slope). Notice that
downward compression always makes the loud passages
softer, because above the threshold the output is less
than the input.

In Figure B (next page), we add gain after compres-
sion so that a full level (o dBFS) signal input will yield a
full level signal output. This control on compressors is
often called gain makeup (a simple gain amplifier after
the compression section), allowing the average level
of the material to be raised, while the loudest passages
are still brought down. This
is the essential key to the

action of downward com-
pressors: while they bring
down the loud passages,
the middle passages can be
raised, making the aver-
age level louder (because

400 80 60 -40
Input Level

20 Odd 400 80 60 40 -20 oOd

Y

Chapter 6

80 60 40 20 the music spends most




of its time at the middle levels). It is the gain makeup
that makes the output of a compressor appear louder,
though there are other factors that come into play, such
as release time, to be explained shortly.

For illustration, we show an amplifier with an ex-
treme amount of gain, 20 dB, which would considerably
amplify soft passages (below the threshold). In typical

more than1 to 3 dB. If there is no gain makeup, the out-
put of a compressor will sound softer than its input. We
can take advantage of that during mixing: the compres-
sor softens the loud moments of an instrument. Then

we can bring its level down but not lose its soft passages

The mix fader for each instrument during mixing ef-
fectively acts as another post-compressor gain control.
Or if you have placed a compressor on each track, you
could set all the faders in aline at o dB and control the
mix levels with each compressor’s gain makeup knob.
I'm not advising putting compressors on every track
(in fact, [ advise against it), I'm just demonstrating
that knowing what's under the hood is as important as
‘what's visible on top.

In this extreme example loud input passages from
about - 4,0 to about -15 are still amplified. Above about
15 dBFS, the curve slopes back to unity gain, reduces
the total gain, and resembles that of a linear amplifier.
Far below the threshold, it’s a fairly linear 20 dB ampli-
fier and can have fairly low distortion, because there is
0 gain reduction action. The action of the compressor

t most affects the sound quality occurs in the area
here the line is curved. When the engineer wants to
ve the most sonic effect, he seeks to place the music
els in the curved area. In the illustration, that would

use during mastering, however, makeup gains are rarely

‘within the mix, since it now has reduced dynamic range.

Figure A Figure B

-20 . H H - 20
-40 0Ty | — i b
< 60 -60} -
>
[
-
Yy 80 -80
o
+
3
S i i
00 80 60 -40 -20 Odb 00 80 60 -40 -20 Odb
Input Level >

correspond to input levels between about -4.0 and -15
dBFS. This can be done by adjusting the threshold until
some gain reduction action is seen during the major
passages of the music. To get the greatest esthetic effect
from any compressor, most of the music action must
occur where the curve’s shape is changing. Thus, a
real-world compressor’s threshold would likely be -20
to -10 dBFS or higher. At full scale in Figure B, 20 dB

of gain makeup is summed with 20 dB of gain reduc-
tion, yielding o dB total gain. This compressor model’s
curve levels off towards a straight line above a certain
amount of compression, so the ratio holds true only for
the first 15-20 dB above the threshold. Other compres-
sor models continue their steep slope, thus maintaining
their ratio far above the threshold. There are as many
varieties of compression shapes as there are brands of
compressors, and they all produce different sounds.

Never Trust A Gain Reduction Meter!

The gain reduction (GR) meter in a compressor
tells us when the signal has exceeded threshold and how
much the compressor is reducing the gain of the signal.
These meters vary in accuracy, both in digital and
analog units. In many cases, the compressor is found to
be doing something even when the meter is not moving.

An extreme compressor for
illustration: Figure A, 2.5:1
ratio, -40 dBFS threshold
and no gain makeup. Figure
B, the same compressor with
20 dB gain makeup.

Dynamic Range: 83
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Figure A

In some analog units GR meters are much slower acting
than the actual gain reduction, so it is possible to have
3to 6 dB of real gain reduction while the meter shows
only1or2. Onthe otherhand, some analog units use a
fast, peak-sensitive GR meter, which does show us the
action. But peak-sensitive GR meters respond faster
than the ear can detect, and so give us a falsely high
indication. In the case of digital units, the programmer
rightly spends more of his time making the compres-
sor work than updating the

GR meter, so the meter may
appear sluggish — especially
if there are many instances in
use in a single DAW. I advise
caution! Learn how the GR
works in each model com-

<

pressor youuse. But even
then, mostly ignore your eyes:
use your ears and never forget

Knee of the
curve

-80

-60

the facts of this paragraph!

20  0Odb

Knee Shape, Compressors
vs. Limiters
Figure B (this page) shows

avery high ratio of 10:1. Above
the threshold, the outputis a
horizontal line, which is very
severe compression, com-
monly called limiting. The
definition of limiting is really
Hard Knee amatter of degree, but most

authorities call a compressor

-80

-40
. ‘ . - >

with a ratio of 10:1 or greater a
20 odb

limiter. In other words, alow

Knee shapes: Figure A, compressor with
soft knee. Figure B, hard knee.
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ratio device is usually called a
compressor, and a high ratio
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device is called alimiter. Very few analog limiters have
ratios higher than 10:1. However, some digital limiters
have ratios of 1000:1 to prevent the slightest overload.
The portion of the curve near the threshold is called the
knee, which marks the transition between unity gain
and compressed output. Inlimiters, the knee should
be very sharp (also referred to as “hard”). Compres-
sors can have hard or soft knees. Soft knee refers to
arounded knee shape, or gentle transition (Figure

A); hard knee refers to a sharper shape (Figure B),
where the compression reaches full ratio immediately
above threshold. Soft knee can sweeten the sound of

a compressor near the threshold. For those models of
compressors that have only hard knees, some of the ef-
fect of a soft knee can be simulated by reducing the ratio
orraising the threshold, which will result in less action.

Attack and Release Times

Attack time is the time it takes for a compressor
to implement full gain reduction after the signal has
crossed the threshold. Because digital compressors can
react with essentially infinite speed, a digital com-
pressor set to 100 ms may sound similar to an analog
compressor set to, say, 40 ms. The method the designer
uses to define attack time is not standardized, so it’s
not possible to compare specified attack times between
brands. It's better to remove all the labels (except slow
and fast) and just listen! With digital compressors, typi-
cal attack times used in music mastering range from 3o
ms to 300 ms (or longer on occasion), with the average
time used being probably 100 ms. But go by your ears,
not by the numbers. To help you set attack time, listen
to the percussive and transient quality of the music:
shorter attack times soften transients and produce a
more “closed” sound; longer attack times let the music
breathe and reveal more of the percussive transients.




Release time, or recovery time, is how long it takes
for the signal level to return to unity gain after it has
3 dropped below the threshold. Typical release times
used in music range from 50 ms to oo ms, or as much
as a second or two, with the average being around 150~
250 ms.' The terms short or fast with attack or release
time are used interchangeably, as are slow and long
attack and release times. Manufacturers may measure
times to 9o% of gain reduction, or use another empiri-
cal approach to define them. Release time is probably
the single most influential setting affecting the "sound”
of a compressor. Super-fast release times help make
the sound appear unrelentingly loud and aggressive and
slow release times are more gentle on the sound. Analog

optical compressors have a fast initial release and then
aslow final release, which yields a more "gentle” aspect
and “bloom” to the sound. VCA compressors produce
the reverse effect, which can aid in producing a more
aggressive sound quality. Digital compressors attempt
to emulate one or the other of these analog characteris-
tics, or be switchable to do either. A good starting point
for a digital compressor on mixed music is to set attack
time to about 100 ms and release to about 250 ms. Then
listen and adjust. If you want a more punchy, aggres-
sive sound, shorten the release slightly and, if useful,
shorten the attack from there. Higher ratios, harder
knees and greater gain reduction also contribute to a
more aggressive sound, but be careful, when a param-
eter is turned too far, the sound loses its definition and
‘punch — as with any process, often less is more.

With digital limiters, release time is very important:
he faster the release time, the more invisible the lim-
iter can be: it jumps in, quickly controls the transient,
then gets out of the way. The fastest digital limiters may
‘have a release time of only 1 ms. However, super-fast

release times can cause
significant distortion.
This is why the most
successful digital limit-
ers have auto-release
control, which slows
down the release time if
the duration of the limiting is greater than a few mil -
liseconds. The effective release time of an auto-release
circuit can be as short as a couple of milliseconds, or as
long as 5o to 150 milliseconds. All of this is intended to
make the digital limiter as invisible as possible.

Release the Automatic Weapons!

Some compressors exhibit automatic, or program-
driven release and/or attack times. The designer’s
choice of automatic settings depends on his idea of what
kind of compressor he is creating:

+ aggressive

+ gentle (invisible)

- distorted (fast release times can cause low frequency
distortion, which adds either desirable or undesirable
character, depending on the music)

+ clean

Some designers try to get the fastest release time
possible in automatic mode without causing overt
distortion, the goal beingto achieve the most aggressive
sound. Whether you choose automatic depends on your
goals: quick-and-dirty is rarely the goal of the master-
ing engineer. We prefer to slave over a compressor and
optimize the attack and release times until they are
perfect for the music in question (although I once dis-
covered a manufacturer’s preset which did much more
for the music than any attack or release time I could
dial in). Manufacturers label their automatic modes

Dynamic Range:
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“The key to a great master is to
start with a great mix.”
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Figure A

in different ways (e.g., PDR, which means program-
dependent release) or by giving presets. Kudos to
Crane Song for implementing a large set of presets that
give avariety of character possibilities to their Trakkers
and other models. This changes the shape of the attack/
release characteristic, but still gives the user the abil -
ity to adjust attack and release times, the best of both
worlds. Vari-Mu analog compressors purposely have
gentle attack/release characteristics, which give them
their distinctive, sought-after “creamy” sound.

Some compressors have automatic gain makeup,
which means that as the threshold is lowered, the gain
is automatically raised. Personally, this feature ir-
ritates me, but you may like it.  never use it during
mastering but I can see its usefulness in mixing. George
Massenburg's digital compressor has a feature that
psychoacoustically scales the gain with the amount of
compression or ratio, so the mix engineer can create
the sound character of an instrument he likes while
retaining its place in the mix.

Preview, Look-Ahead, Side Chain

The preview, or look-ahead function allows very
fast, or even instantaneous (zero) attack time, which is
especially useful in a peak limiter to prevent overloads.
The unit can effectively react to the transient before

Figure B

Figure A: a simple tone burst from high to low level and back. Figure B: the same tone burst passed through a
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compressor with very fast attack, high ratio, and fast release time.
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it has occurred! This requires a delay line, so analog
processors do not have look-ahead. When there is
look-ahead, the attack time can be as short as we desire,
controlling any peak that concerns us. Look-ahead is
only relevant when we want short attack times, since

if we want a long attack, then we probably also want

to let initial transients pass through. So look-ahead

is probably unnecessary for attack times longer than
about 10 ms. Every compressor has a sidechain, which
is the control path (as opposed to the audio path), as
illustrated in this figure. The compressor places a time
delay in the audio signal chain, but not in the sidechain.
This gives the sidechain time to "anticipate” the lead -
ing edge of a transient and nip it in the bud. The delay

INPUT SIGNAL Delay Ampliier 1 |—ouTpud
SIDECHAIN:

Level detector &
time constants

Look-ahead and sidechain in a digital compressor

time only has to be as long as the sum of the shortest
transient duration we want to control, plus the reac-
tion time of the sidechain circuit. Analog compressors
have certainly gotten along splendidly without preview
delay: in fact, much of their sonic virtue comes from
their inability to stop initial transients. Sharp transients
contribute to the life and impact of arecording, so I
remove them only when they’re audibly objectionable.
The exceptions to this might be transients shorter than
the ear can hear, which often occur in digital recording,
and would prevent the program from having a higher
loudness. Removing these was the initial purpose of
the brickwall limiter, designed to be short, quick, and
invisible.




Figure A on page 86 is the envelope shape of a
simple tone burst, from a high level to alow one and
back again. Figure B is the same tone burst passed
through a compressor with a very fast attack, high
ratio, and fast release, and whose threshold is midway
between the loud and soft signals. Note that the loud
passages are instantly brought down, the soft passages
are instantly brought up, and there is less total dy-
namic range, as shown by the relative vertical heights
(amplitudes).

Figure C (this page) is the envelope of a compressor
with a low ratio, slow attack time, and slow release time.
Notice how the slow attack time of the compressor per-
mits some of the original transient energy of the source
to remain until the compressor kicks in, at which point
the level is brought down. Then, when the signal drops
below threshold, it takes a moment (the release time)
during which the gain slowly comes back up. Alot of the
‘compression effect (the “sound” of the compressor)
ccurs during the critical release period, when the gain
is coming back up, since except for the attack phase, the
compressor has actually reduced the gain of the high
level signal.

Compare with Figure D (this page), a compressor
with a much higher ratio, faster attack, and very fast
release. The higher ratio clamps the high signal down
further, and the fast release time aggressively brings
the level up as soon as the signal drops below threshold.
is type of fast action can make music sound squashed,
ecause it quickly brings down loud passages, raises
oft ones, and shortens transient attacks.

Figure C
Figure D

The essential fact here is that (downward) com-
pressors take the loudest passages down. Gain makeup
allows the average level to be raised, but the loudest
passages end up proportionally lower. A compressor
can add or enhance punch in mastering, since its es-
sential mechanism is to reduce the partial loudness of
peaks and bring up the mid levels; if the compression is
overused, or if too many transient attacks are softened,
we can lose punch. Remember that manually raising the
soft passages (avoiding the processor entirely) can leave
the loud passages untouched, while giving the produc-
tion more impact, and preserving the microdynamics
that compressors can take away. In the next Chapter, we
will investigate how upward compressors can increase
soft and mid-level passages with little effect on the
important loud ones — a technique that can produce
arecording that is dynamic, loud, and has impact at
low levels. In Chapter 16, we'll discover a measure-
ment called PLR, which can be used as an indication
of whether microdynamics are being maintained, or
whether they have been lost.

Dynamic Range:
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Figure C, a compressor with a low
ratio, slow attack time, and slow
release time. Figure D, higher ratio,
faster attack and very fast release.
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Release Delay

Arelease delay control
gives us more flexibility in
painting the sound character.
Very few compressors provide
this facility but it is useful
when we want to retain more
of the natural sound of the
instrument(s), and not exaggerate its sustain when the
signal instantly goes soft, or reduce “breathing” or hiss-
ing effects when the source is noisy (illustrated at left).

- Attack/Release Distortion
Part of the sonic aggressiveness of fast release times
comes from the distortion at low frequencies that can
occur if the release time is too fast. This figure (at left)
illustrates what happens when

Output of a compressor with a low ratio, slow attack time,
slow release time plus release delay.

the attack and release times
are much too fast. The distor-
tion shown here is caused by
the compressor’s action being
so fast that it follows the shape
of the low frequency wave-

| form rather than the overall
With attack/release too enVClOpe Of the music. ThlS
fast, acompressorcan  problem can occur with release times shorter than
S i I T 50 ms, and correspondingly short attack times.

lll. Dynamic Manipulation:
Adjusting the Impact of Music with a
(downward) Compressor
The Engineer as Artist

Compressors, expanders, and limiters form the
foundation of modern-day recording, mixing and
mastering. With the right device we can make a record -
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ing sound more or less percussive, more or less punchy,
more or less bouncy — or, put more simply, bad, medio-
cre, good or excellent.

In skilled hands, compression can help produce a
wonderful recording. A skilled engineer may intention-
ally use creative compression to paint a sound and form
new special effects. A lot of contemporary music genres
are based on the sound of compression, both in mixing
and mastering, from Dance to Rap to Heavy Metal. The
key words here though are intent and skill. Surprisingly,
however, some engineer/artists don’t know what un-
compressed, natural-sounding audio sounds like. While
more and more music is created in the studio control
room, it’s good to learn how to capture natural sound
before moving into the abstract. Picasso was a creative
genius, but he approached his art systematically, first
mastering the natural plastic arts before moving into his
cubist period. Similarly, it’s good practice to know the
real sound of instruments. Recording a well-balanced
group in a good acoustic space with just two mikes is a lot
of work, but also alot of fun! Before multitracking was
invented, there was much less need for compression,
because close miking exaggerates the natural dynamics
of instruments and vocals. At first, compressors were
used to control only those instruments whose dynam-
ics were severely altered by close miking, e.g. vocals and
acoustic bass. When modern music began to emphasize
rhythm, many melody and harmony instruments became
masked by the rhythmic energy, inspiring the creative
possibilities of compressors and a totally new style of
recording and mixing. The advent of the SSL console,
with a compressor on every individual channel, changed
the sound of recorded music forever.




The Mixing Engineer’s Approach to Compression
Let’s talk about using compressors in mixing prac-
tice. There are at least three styles of mixing:

1) Move the faders, avoid compressors! I'm a big fan

of retaining transients and impact, so I prefer not to
purposely mix into a bus compressor. For the styles of
music that I like to mix, I prefer to avoid compressors
until one is needed to help bring up the low levels of
an instrument that is a bit too dynamic and riding its
levels is impractical. Then, if that’s not enough, I may
put a compressor on a submix bus. [t is very easy to
become dependent on a bus compressor to “perform
the mix” for you, when the traditional method has been
to sweat bullets and move faders all day. No one can
deny that moving faders is a more pure form of the art,
because a compressor not only brings up low instru-
ments, it also changes their sound and their transient
characteristics.

2) Anintermediate mizing approach is to first get the
very best mix possible without a bus compressor, then
add a bus compressor, and carefully switch it in and
out, comparing the sound at equal loudness (don’t
turn the gain makeup up further than is necessary to
match the loudness in bypass). If the bus comp version
sounds better than the raw mix, then use it! Some-
times the inner details that the bus comp brings up add
interest to the mix, but sometimes the loss of dynamic
movement takes away the mix’s excitement. This is an
esthetic call. [ also recommend sending two versions
to the mastering engineer, who may have a compressor
‘which is better-tuned to the music and retains impact

3) The more aggressive approach — relying on a mix bus
compressor to perform many of the mix duties — can
easily become a crutch that substitutes for good mixing
practice. Or, in the hands of a skilled mixing engineer,
the bus comp becomes a tool to help deliver the at-
titude and punch he wants for the particular song.

What about mix program levels when applying a
bus comp? In the end it is the sound that counts, not
the levels. In other words, you can produce a program
whose average level is, for example, -20 dBFS ora
program whose average level is -14, dBFS and achieve
the same sound quality when the two programs are
compared at equal loudness. The key is to adjust the
compressor’s threshold and/or the level of the fad -
ers coming into the compressor to achieve the amount
of gain reduction you desire. Higher fader level with
higher threshold canyield the same sound as lower
faderlevel with lower threshold: just adjust your moni-
tor gain to yield the same loudness and you will see that
the results are the same. If the program is to be later
mastered, then the mastering engineer will take care of
the program loudness. Mix for the sound quality, and
don’tbe fooled if the loudness of your mix is higher or
lower than “the competition.” This can probably be
taken care of later in the mastering. Send a mix to the
mastering engineer for evaluation/confirmation.

Compression and Limiting In Mastering
Mastering requires us to develop new skills, since
it is concerned with overall mixes
rather than individual instruments.
Compression is atool that can change

“Compression is for
kids... it’s a crutch.”

— BrucE SWEDIEN

and transients better than the compressor chosen by the inner dynamics of music —e.g.,

the mix engineer. by enlivening low- and mid-level

passages, enhancing rhythmic
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“An improperly set
COMpTessor can
degrade the snap,
life, and the punch.”

movement, or producing a stron-
ger musical message. On the other
hand, the intent of a digital limiter is
not to change the sound very much,
but simply to increase the program
level. However, analog limiters fall
somewhere in between compres-
sors and digital limiters. They're often used in mixing,
but less in mastering, being neither capable of subtle-
ties, nor able to completely fix instantaneous program
overloads. As with compressors, it is the gain makeup
process that lets us make the output of a limiter louder.
In mastering, the most popular compressor is one with
alowratio, as low as 1.5 or 2:1. Regardless of whether
we're compressing or limiting, when the peaks have
been brought down, there is room to bring the average
level up without overloading. For example, snare drum
hits that momentarily stick out above the average can
be softened by the peak limiter (if this change in sound
proves desirable), and the average level can then be
raised. That’s why digital limiters are used more often
in mastering than in mixing. Even the best limiters are
not completely inaudible: they can soften the transients
and dull the “sharpness” of the sound. As I mentioned
in Chapter 2, make sure your ears and monitor system
are capable of discerning the sound effect of transient
loss, to prevent transient degradation by ignorance (ex-
cept by intent, since some genres intentionally employ
extreme processing that nearly deletes the transients).

BBC research in the 194.0s demonstrated that dis-
tortion shorter than about 6-10 ms is fairly inaudible,
hence the 6 ms integration time of the BBC PPM meter
(supplanted by modern loudness meters). But this
judgment reflected the limitations of 194.0s technology.
With today’s digital recording and solid-state equip-
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ment, transient overloads as short as 1 ms will audibly
change or distort the sound of the initial transient
(particularly noticeable with solo acoustic piano). With
good compressors, limiters and mastering technique,
program material with a peak-to-average ratio of

18 to 20 dB can often be reduced to about 14, dB with
little effect on the clarity of the sound and some subtle
reduction in transient impact. That’s one of the reasons
30 IPS analog tape is so desirable: it has this limiting
function built-in. A rule of thumb is that short dura-
tion (a few ms) transients of unprocessed digital sources
can often be transparently reduced by 2 dB, and in rare
cases as much as 6 dB. with little effect on the sound.
However, this cannot be done with analog tape sources,
which have already lost the short-duration transients.
Any further transient reduction by compression or
limiting, whatever its desirability, will not be transpar-
ent. Limiter distortion is especially audible on material
which already has little peak information, because a
limiter is not designed to work on the RMS portion of
the music and it can sound harsh when pushed.

Make it Snappy — or Punchy?

Soin general, the less the amount of limiting and
the longer the attack time of compressors, the snappier
the sound will be. Snap is the important companion to
punch: a good engineer needs to concentrate on both
attributes. We could call the sound of the beater of the
bass drum its snap, and the resonance of its diaphragm
and body its punch. Snappy reflects the presence of
transients and microdynamics in the sound —snap is
very short upward-moving dynamic contrast that is so
short-term that it is not perceived directly as aloudness
increase, although it contributes to the partial loudness
and the liveliness. Punch is dynamic contrast that is
definitely perceived as a momentary loudness increase,




which can be accomplished in mixing — for example,
by adding a brief low frequency sound effect under-
neath a single bass drum beat to increase its duration

TS

and power. A popular way to create or enhance punch

~ isto push the level dramatically into a compressor

with a fairly-short attack time and fairly-fast release,
which increases the sound power and sustain during

its release phase. In order to continue to be effective
during moments when punch is being applied, the level

has to dip just a little each time in order for it to come

~ backup and “hit you”: without a counterswing there can
be no swing. Not everyone is skilled at creating punch:

~ ifnot well-done, the sound becomes “wimpy loud.” I
am reminded of theatre trailers for effects movies that
are thrown together using a limiter as a hammer, with
effects that sound relentlessly loud but have lost their
attack, and have absolutely no punch. When I attend the
release of that film, I am relieved to discover the film

is actually well-mixed and the problem was only in the
trailer. In any well-balanced rhythmic recording, it’s
important to have both short transients as well as power
and punch. Many engineers pay little attention to the
snap, and concentrate only on the punch. Be sure you
are aware of and can identify both.

Keep in mind that punch and impact have to begin
with the arrangement, the performance and the mix.

In many cases, punch goes downhill if we master with

e goal of making a recording sound louder. We have to
work to make sure punch is not lost during mastering.
improperly set compressor can degrade the snap,

e life, and the punch. But given a good, clean mix with
lot of life to it, a clever mastering engineer, armed

ith the right compressor having just the right attack,

roduce a recording that has more punch than the mix,

release, ratio, threshold, and choice of compressor can

and retains just the right amount of snap. The con-
verse is also true: it’s hard, if not impossible, to make a
punchy master from a dirty mix that has been overcom-
pressed or that has extreme distortion. The attempt will
fail if the mix itself has no transient impact.

Sometimes producers deliberately make a master
with no transients or dynamic movement. Though this
is far from natural-sounding, it has become an accept-
able sonic genre in alternative rock —to cite just one
example. First symptom: the choruses are lower than
the verses! It's worth repeating that it is nearly impos-
sible for us to deliver a punchy or snappy master from
asquashed mix. [ believe this genre is a direct result
of avicious circle, with producers imitating in a mix
the sound of squashed masters they have heard. It is
coupled with the tempting availability of a compressor
on every channel: When you have a hammer, every-
thing looks like a nail. But the producers don’t realize
that distortion accumulates, and that squashed mixes
will sound like mud on the radio. So they have boxed
their mastering engineer into a corner. To continue the
analogy, they have applied a hammer to pound a giant
nail in place when a small tack would have done the job
far better. Still, this sonic genre will remain legitimate
until dynamics become popular again.

In an ideal mastering session, if a limiter is used
atall, it should be acting only on occasional inaudible
peaks, or perhaps a bit more if we like the slight soften-
ing effect. Amanual for a certain digital
limiter reads "For best results, start out
with a threshold of -6 dBFS.” This is like
saying “always put a teaspoon of salt and
pepper on your food before tasting it.”
One modern R&B album is so overlim-
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“When you have a
hammer, everything
looks like a nail.”



“"Many of these sampled
kick drums are all boom
without the beater.”
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ited that the bass drum punches a
hole in the vocal on every attack; I

It is a common misconcep-
tion that a limiter is a peak
protection device for mastering. It
may be used as such in radio broadcasting (to protect
the transmitter) or sound reinforcement (to protect
loudspeakers or handle an unpredictable group), but in
mastering (or mixing), the engineer is not doing a live
show: we have total control over our levels and we can
make the choice of whether to turn them down or raise
them and use a peak limiter. We could simply lower the
level a dB or more instead of choosing to peak limit. As
the loudness wars ease up, there will be less abuse or
unnecessary use of digital peak limiters.

The World's Most Transparent Digital Limiter

The most transparent limiter is no limiter at all!
If there is a very short peak (transient) overload, for
example, a drumbeat within a section which needs to
be made louder, a skilled mastering engineer can use
the DAW’s editor to perform a short-duration gain
drop that can be quite inaudible. This manual lim-
itingtechnique lets us raise the program loudness
without inducing distortion from a digital limiter, so
itis the first process to consider when working with
open-sounding music that can be ruined by too much
processing. We can often get away with 1 to 3 dB manual
limiting typically for a duration of less than 3 ms. But,
longer duration manual gain drops will affect the sound
as much as or more than a good digital limiter.

Equal-Loudness Comparisons
When it comes to using compressors, loudness has
amajor effect on judgment, so it is very important to
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doubt this is artistically desirable.

make compression comparisons at equal apparent
loudness. (We've seen the same effect in our discus-
sion of equalizers.) If the processed version is played
louder than the unprocessed version during an instant
A/B comparison, the former may initially seem to
sound better, but long-term listeners usually prefer a
less fatiguing sound that “breathes.” When we compare
at matched loudness, we might be surprised to dis-
cover that the processing makes the sound worse, and
the "improvement” was an illusion. When making an
album at “competitive loudness level,” it’s a relief if the
mastering has not degraded the sound of the program,
and ecstasy if it has improved it.
The Nitty-Gritty:
Compression in Music Mastering

Consider this rhythmic passage, representing a
piece of modern pop music, using large and bold text to
represent louder sections:

shooby dooby doo WOP...
shooby dooby doo WOP...
shooby dooby doo WOP

The accent point in this rhythm comes on the backbeat
(WOP), often a snare drum hit. If we strongly compress
this music piece, it might change to:

SHOOBY DOOBY DOO WOP...
SHOOBY DOOBY DOO WOP...
SHOOBY DOOBY DOO WOP

This completely removes the accented feel from the
music, which is probably counterproductive.

Alight amount of compression might accomplish this:

shooby dooby doo WOP...
shooby dooby doo WOP...
ShOOby dooby doo WOP




: This could be just what the doctor ordered, because
strengthening the sub-accents may give the music
more interest. Unless we're trying for a special effect,

. or purposely creating an unnatural sound, it’s counter-
productive to go against the natural dynamics of music
- (like the TV weatherperson who puts an accent on the

~ wrong syllable because they've been taught to “punch”
every sentence: “The weather for tomorrow will be
cloudy”). Much hip hop music is intentionally unnatu-
ral —anything goes, including the eradication of any
resemblance to the attacks and decays of real musical
instruments. The use of samples that are already com-
‘;pressed is another contribution to the loss of transients
wm hip hop. Sometimes the increased punch wins, but
please note that many of those sampled and pre-com-
pressed kick drums are all boom without the beater!

pical Ratios and Thresholds

Compression ratios most commonly used in master-
ing are about 1.5:1 or2:1, rarely more, even for the most
aggressive rock production with a reasonable program
loudness. One way to start compressing to help promote
punch or attitude is to first find the threshold, using
avery high ratio (say 4:1) and very fast release time

(8ay 100 ms). Then you adjust the threshold until the
gain reduction meter bounces as the “syllables™ you
want to affect pass by, and you hear this bounce. This
ensures that the threshold is optimally placed around
the musical accents you want to manipulate — the “ac-
tion point” of the music. Then reduce the ratio to very
ow (say 1.2:1) and raise the release to about 250 ms to
Start. From then on, it’s a matter of fine-tuning at-

‘= ck, release, and ratio, and possibly readjusting the

th eshold. The object is to put the threshold in between
the lower and higher dynamics, creating a constant

alternation between high and low (or no) compression

within the music. Don’t forget that the gain reduction
meter generally lies: 1 dB of metered gain reduction can
mean alot. Note that too-low a threshold will defeat the
purpose, which is to differentiate the “syllables” of the
music: with too low a threshold, everything will be brought
up to a constant level.

It's unusual to see such low ratios in tracking and
mixing, but very common in mastering, partly because
with full program material, larger ratios may create
audible breathing, pumping or other artifacts. Typical
thresholds are in the -20 to -10 dBFS range. But there
is no rule: some engineers get great results with ratios
of 5:1, whereas a delicate painting might require a ratio
as small as 1.01:1 or a threshold of -3 dBFS. One trick to
compress as inaudibly as possible is to use an extremely
light ratio, say 1.01to 1.1, and a very low threshold,
perhaps as low as -30 or -40 dBFS, starting well below
where the action is. In this case the compressor is not
bouncing on the syllables but rather giving a gentle,
continuous form of macrodynamic reduction. We may
choose alow ratio to lightly control a recording that’s
too jumpy, orto give a recording some needed body.
Another trick to get invisible compression is to use
some parallel compression, as described in the next
chapter. With limiters, I try to never let the limiter do
the heavy lifting — I rarely use more than 1 dB of limit-
ing — and rely on the combination of processors in the
chain to accomplish the lifting.

Going Beyond?

Every recording has a point that I call its “loudness
potential,” above which we can only hurt the sound by
adding too much distortion, orlosing the impact and
the beat. This point of degradation is quite obvious

. when auditioning on a good monitor system, where

we find that even 1 dB more level will clearly hurt the
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sound. But when a client insists [ turn it
up even when I tell him the recording has
already reached its loudness potential, we
have to turn it up or lose the job —even
though it will be less “radio-ready” (see
sidebar page 95). In the case of today’s
most distorted genres, or when the cli-
ent insists that the CD make his whole car jump, it’s
pretty hard not to break every single rule. The loudness
issue has come to the point where if the client wants it
“stupid loud” (my term, not theirs!), I may have to run
anumber of items in my chain into distortion to satisfy
him —and I cannot apply any degree of sophistication or
refinement to satisfy his needs. In Chapter 9 I discuss
some subtle techniques to make things a bitlouder
without hurting the sound too much, but once we reach
“stupid loud,” even those techniques no longer apply.
In Chapter 17, I discuss how and why recordings in the
immediate future will sound much better!

Compressors With Unique Characteristics

Part of the fun in using compressors is discover-
ing the specialities of different brands and models.
Even with the same settings, some are smooth, some
punchy, some nicely fatten the sound, and others make it
brighter, harder or more percussive. This is often due to
differences in the curve or acceleration of the time con-
stants (attack and release times), how the device recovers
from gain reduction, and whether the gain returns to
unity on alinear, logarithmic, or even an irregular curve.

Analog compressor designers choose from several
styles of gain manipulation. The most common are FET

(field effect transistor), optical (abbreviated opto), VCA

(voltage controlled amplifier), Vari-Mu, PWM (pulse
width modulation) and their various subcategories.
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Digital designers may emulate their characteristics, as
in the Waves Renaissance series of digital compressors
that have both opto and electro modes. As mentioned
before, in opto, the release time slows down for the last
portion of the release, while in electro it accelerates.
Electro canyield a more aggressive sound, while opto
is good for gentle, easy-going purposes. Analog optical
compressors are great on vocals in tracking or mix-
ing, but not as good for aggressive mastering of overall
program material because they are generally too slow.
However, digital opto models can be faster than their
analog counterparts.

Generally, analog optical models are more suit-
able for “gentle” mastering. However, one model, the
Pendulum OCL-2, has a proprietary optical sensor
whose reaction time is much faster than others on the
market. It also has a very transparent tube circuit that
can provide very subtle warming. This makes the OCL-2
perhaps the only optical analog compressor with the
gentleness of optical (useful for adding body), but can
be set fast enough to provide a bit of punch. However, it
isnot as fast as a VCA- or PWM-based compressor, so
it may not be capable of achieving enough “attitude” or
punch in aggressive music.

In my opinion, closest to a Swiss Army Knife is the
Crane Song Trakker, a solid-state compressor that can
emulate the tonality and speed characteristics of several
different types of compressors and embody some of the
warming characteristics associated with tubes. The only
downside of the Trakker is the learning curve (the best
way to learn is to experiment with each of the presets).

Another compressor feature is to add supplemen-
tary low frequency harmonics to change tonality, as in
Waves “warm” setting of the Renaissance Compressor




Plug— in. Note that the addition of harmonics slightly
compresses sound by reducing the peak-to-average
ratio. Waves calls the alternative setting (when the extra
harmonics are turned off), “smooth”, but I think that’s
misleading, since the term “smooth” can be confused

~ with the attack/release characteristics.

Another style of compressor is the Vari-Mu, whose
~ ratio varies with level, a circuit popularized by Manley.

~ Vari-Mu is especially helpful for creating lush and
“creamy” atmospheres in ballads and popular music
in the Broadway and pop-classical fields. Vari-Mu's
particular dynamic characteristic preserves micro-
dynamics and transients, while manipulating the
macrodynamics, unobtrusively bringing up low passag-

es. Typical Vari-Mu action may be slow for enhancing
music with fairly fast dynamics, but the Pendulum ES-8
is aunique Vari-Mu that can be made slightly faster to
produce a bit of whip along with its cream!

Sidechains

Most of the time the sidechain (control path) is
identical to the audio signal, but interesting things
can happen when it is not. For example, in a stereo or
multichannel compressor, each channel has its own
gidechain, but it is possible to feed or link all sidechains
Irom one channel’s signal. By linking the sidechains,

Alternatively, the design can sum the channels into the
8idechain, so that the higher of the two brings down the
level. In my experience, the latter technique unfortu-
nately reduces stereo separation. The linking switch
Prevents image wandering. Without it, if a drum hits
much louder in one channel than the other, the image
ill momentarily move towards the opposite channel.
When unlinked, the box operates as two independent

one channel controls the gain reduction of both equally.

mono compressors. In some models, unlinked is
labeled dual and linked is labeled stereo. In multichan-
nel compressors, there may be a separate sidechain for
front and surround, or all channels may be linkable.

The textbooks tell designers to link the compressor
channels, and while that seems desirable, I've found
that apparent stereo separation can increase if the
linking is removed. It’s hard to say whether this is a
psychoacoustic improvement or a technical improve-
ment, or both! Don’t be afraid to use the independent
sidechain mode for stereo if it sounds better to you.
When unlinking, just be careful to check for image
wandering, which may even be desirable and add an
artificial sense of space. With the small amounts of
compression [ usually use, I've never noticed an image
shifting. I've also found that running digital limiters
unlinked can reduce clamping effects, i.e., where the
sound appears to drop and not recover fast enough
(because the channel that did not drop will mask
short-duration drops in the other). Therefore, unlink-
ing limiters helps make things sound both louder and

cleaner. As with the unlinked compressor, watch out for

instantaneous image shifts caused by extreme tran-

sients located only in one channel. But you would never

use more than 1 dB of limiting yourself, right?

Sidechain EQ: Often, sidechains are fed an equal-
ized signal. Perhaps the most popular sidechain EQ is
a high-pass-filtered signal, which helps prevent the
bass drum from pushing down (or modulating) the rest
of the music. In an analog compressor, it is very easy to
implement this without needing a separate equalizer,
simply by inserting a capacitor (approximate value 0.1
pb) in series with the sidechain inserts: the exact value

- depends on the source impedance. Measure the amount

The Real Recipe for
Radio-Ready

The real recipe for
Radio-Ready includes:

1) Write a great original
song, use fabulous singers and
wonderful arrangements.

2) Beinnovative, not
imitative.

3) Make sure the music
sounds good at home. Keep
the dynamics lively, interest-
ing and unsquashed, and some
of that virtue will make it
through the radio processing.
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of gain reduction with a test tone and
experiment. It's useful to have a switch
to add or remove the filter. In the Pen-
dulum units, side chain is on a TRS plug,
so a simple capacitor wired between

tip and ring of a plug creates an instant
sidechain filter. I've been conducting a
friendly competition with a fellow mastering engineer
who claims that the most natural-sounding compressor
sidechain should follow the ear’s loudness-sensitivity
curve, while | maintain that a simple low cut is suffi-
cient to get bass drum punch.

With a sidechain boost in the upper mid or low
treble range, the compressor becomes a de-esser, or
it can be tuned to deal with troublesome cymbals. The
only problem with sidechain-based de-essingis that
the entire range of audio frequencies is brought down
whenever an “s” goes by, so generally the gain reduction
has to be kept subtle, no more than a dB or two, unless
you are looking for a special effect. Dedicated de-essing
requires very different time constants from mastering
for punch; generally with an s you want to be surgical,
attack it quickly, and recover just as quickly.

IV. Multiband Processing

Multiband: Advantages and Disadvantages
Multiband processing was probably first introduced
by TC Electronic, who was also the first company to
introduce linear-phase band-split filters (linear phase
is the only way to do multiband compression correctly,
unless the unit uses first-order crossovers). They start-
ed with their Mgooo, then the ubiquitous Finalizer, and
brought multiband to great sophistication, subtlety and
versatility in the System 6000 with the MD4.. But for
most downward compression purposes multiple bands
are rarely needed: one or two bands are usually enough.
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The Weiss DS1-Mk3 has one active band; the com-
pressed signal can be isolated to one frequency range

as surgically as necessary and the rest of the spectrum
left unaffected. Until I got the Maselec MLA- 4, most

of the compression I performed in mastering was with
afull-band compressor, or a full-band compressor
with a high-pass sidechain, or the Weiss with the active
band usually above some low frequency. Rarely does any
recording need more than one active frequency band to
sound punchy and strong.

However, splitting a compressor’s signal into
multiple bands (and multiple sidechains) avoids the
problem of modulation with a single sidechain, since
compression in one band will not affect another band.
For example, the vocal will not pull down the bass drum
(orvice versa). This is perhaps the biggest selling point
of multiband, because with the same amount of gain re-
duction it can sound superior to wideband or sidechain
equalization. The action can be made very invisible.
Also, a higher amount of compression and average level
can be achieved in a multiband with fewer interac-
tion or “clamping” artifacts. Another advantage is that
high frequency transients can be left unaffected while
compressing the midrange more strongly, producing
a brighter, snappier sound than a single band unit. But
when the thresholds are set aggressively, loud action in
one frequency band can dynamically change the overall
tonality, producing a noncohesive sound — especially if
all the bands are moving in different amounts through-
out the song. In the analog Maselec MLA- 4, the sound
is sweeter than most digital multiband units, partly
because of its first-order (6 dB/octave) gentle slopes.
It's easier to be subtle and gentle with this unit. It’s
also possible to link the band sidechains and make it
perform like a single band unit.




Multiband units make good sound “sweeteners”.
When compression is applied solely in the high fre-
quency band, the sound gets duller as it gets louder. You
can use this technique to:

- Construct an analog tape simulator

- Sweeten the harshness of poorly-recorded digital
recordings

- Soften distortion that gets harsh when it gets loud

- Sweeten bright cymbals without softening the aver-
age tonality (as opposed to an equalizer)

In the case of bright cymbals, we can take advantage
of the fact that they are usually located on the right or
left side rather than the center, and compress just the
high frequencies of the side channel to sweeten the
sound. This technique can be very surgical, effective,
and unobtrusive (see Chapter g).

Multiband units make good de-essers. Sibilance can
be controlled by using selective compression inthe 2
kHz through 10 kHz range. The actual frequency has to
be tuned by listening to the vocalist. Some de-essers
allow monitoring the sidechain to help find the of -
fending frequency: try starting at 3 kHz. Try avery
fast attack, fast release, crest factor set to peak (to be
explained), and a narrow bandwidth for the active band.
The Weiss DS1-Mk3 is hands-down the best-sounding
mastering de-esser I've encountered probably due to its
- peak sensitive compression, narrow linear phase band-
split filters, dual-speed release, M-S or L-R option
(new for the Mk3), and very effective presets. Mastering
de-essing is the acid test for a processor: most devices
I've tried are either not invisible because they aren’t
selective to just the s sounds, or on the other hand, they
miss t0o manys’s.

The multiband device’s virtues permit louder aver-
age levels than were previously achievable — making it
the most powerful but also potentially the most deadly
audio process ever invented. “Deadly” because multi-
band compression fuels the loudness race (see Chapter
17). The technique has been hyped as a cure for all ills
(which it is not), and it can easily produce a very unmu-
sical sound or take a mix where it doesn’t want to be.

The key to a great master is a great mix!
Generally I do not try to “remix” with multiband,
simply polish what is there. However, multiband can be
used to help improve (“repair”) abad mix when a remix
isnot possible, and some mastering engineers become
experts at this technique. I once received a rap project
that was mixed with very low vocal, and extremely loud

percussion and bass drum. A remix was not possible,
but by compressing and then raising the level of the
frequencies in the vocal range (circa 250 Hz), I was able
torebalance the piece and turn the vocal up. Just don’t
be fooled into believing that toning down loud instru-
ments through multiband compression is the same as
aremix. Using a band-based compressor squashes the
instrument’s or vocal’s sound as well as allowing you to
manipulate the level within its frequency range. How-
ever, with delicate technique I have invisibly helped a
big band recording that was a good mix, except inloud
passages the singer’s level was sitting a bit too loud.
During the loud passages I cheated the singer down
only 1 dB with a single M-channel compressor in the
midband, and brought the instruments up with up-
ward expansion on the S channel at the same time. This
turned an A mix into an A+ master, with more impact
for the band and without losing any vocal clarity. The
next Chapter in our dynamics trilogy will explain up-
ward expansion. Chapter g will detail M-S processing.

Dynamic Range:
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Before trying to “remix” with multiband,

try these tips:

- Add alittle bit of equalization in the frequency range
of the instrument that needs to be raised. Make sure the
“cure” sounds uncolored and better than the “disease.”
- See if simply raising the attack time in a one-band
compressor permits sufficient transient energy to
come through. Or, try upward expansion instead (See
Chapter 7).

- Use fewer bands — only two if possible, to reduce
artifacts.

Equalization or Multiband Compression?

When multiband processing is used, the line be-
tween equalization and dynamics processing becomes
nebulous, because the output levels of each band form a
basic equalizer, and if the bands have different thresh-
olds, then they affect the tonality dynamically. Use
standard equalization when instruments at all levels
need alteration, or use multiband compression to pro-
vide spectral balancing at different levels. This is a form
of dynamic equalization, so depending on one’s point of
view, a multiband compressor can be looked upon as a
dynamic equalizer.

When already using a multiband unit, we can make
our first pass at equalization with the outputs (makeup
gains) of each band. Multiband compression and
equalization work hand-in-hand. Tonal balance will
be affected by the crossover
frequencies, the amount of
compression, and the make-
up gain of each band. With
few exceptions, the more
compression, the duller the

— Bos Lupwic * sound, so first try to solve
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this problem by using less compression, or by altering

the attack time of the high-frequency compressor. As a
last resort, use the high frequency band’s makeup gain

or an EQ to restore the high-frequency balance.

In summary: Use multiband for remixing as a last
resort. Fix the disease at its source, not with a multi-
“band-aid” in mastering! As a matter of course, most of
the tools we can apply in mastering to try to remix often
sound worse or compromised compared to a remix.

V. Refinements

Alternatives to Downward Compression

High frequency equalization post-compressor can
be used to alter the perceived level of snap (transients).
Upward expansion used alone or in conjunction with
downward compression (see Chapter 7) can help re-
store or enhance some of the snap. But there is no cure
for hypercompression, only a band-aid.

Emulation vs. Convolution

Digital compressor designers have the choice of
emulating the transfer characteristics of a source com-
pressor and implementing them in DSP, or sampling
the source compressor and convolving that sampled
characteristic with the incoming audio. Convolution
works well with reverbs and equalizers, but I have not
personally encountered a successful convolution-based
digital compressor. These are very difficult to imple-
ment: the source device has to be sampled at many
different levels to ascertain its dynamic characteristics,
which are then very hard to interpolate accurately and
with the right timing. The convolution processor has to
be fast, and operate with great resolution in the overs-
ampled domain to prevent digititis (edginess in the
sound caused by artifacts of digital processing).




Fancy Compressor Controls

Some compressors provide a crest factor control,
expressed in decibels, or a range from RMS (or full
average) to quasi-peak through to full peak. This means
that the compressor can be set to act on the average
parts of the music, the peak parts, or somewhere in
between. Ostensibly, compressors with RMS charac-
teristics sound more natural, because they correspond
with the ear’s sense of loudness —but one of the best-
sounding compressors [ know is peak-sensing. When
the crest factor control is set to peak, short transients
tend to control the action, and at RMS, more continuous
sounds control it. The TC MD4, has a continuously-vari-
able crest factor control. In most cases leave it at RMS,
but for de-essing and for better control of transients
(such as atoo-loud snare drum or softening cymbal
hits), move it closer to peak.

The Weiss model DS1 has two different release time
constants, called release fast and release slow. The user
sets a threshold of average transient duration, such
as 8o ms, above which a sound movement is called
slow, and below which it is called fast. Instantaneous
transients receive a faster release time, but sustained
sounds receive a slower one, which results in a more
natural-sounding, yet louder compression. Indicator
lights on the front panel make adjusting this a snap.

A few processors have multiple thresholds avail -
able. I currently own one, originally conceived by Roger
Nichols, then passed to RN Digital as the models D1
through D4.. I've successfully used the D4, in a case
where nothing else seemed to work, downward ex-
panding the low area as a form of noise gate to soften
some lighting buzz, upward compressing the midpart
- of the dynamic range to bring out inner details, and

upward expanding the top part of the
range to restore some impact of the
loud peaks, all in one plug-in. The
interface of the D4, is very intuitive,
allowing gradual overlap between the
different areas. Though I may use it
only once in ayear, it's been a life-saver. Other ways
of using multiple thresholds would be to “overlap” two
compressors in series: for example, the first compres-
sor performs a gentle overall compression with a low
threshold and ratio, and the second more aggressively
controls some offensive peaks at high levels.

In arelated fashion, it’s not uncommon to run
several dynamics processors in series in mastering,
each doing a small part of the job. To keep a peak
limiter from clamping down on the signal too much,
try preceding it with some form of preconditioner, which
may be an analog compressor that can gently soften a
transient so that the limiter which follows doesn’t have
towork as hard.

Clipping, Soft Clipping and
Oversampled Clipping

Digital Clipping is the result of attempting to raise
the level higher than o dBFS, producing a square wave,
asevere form of distortion, also known as “clipping the
medium”. Analog clipping is the result of overdriving
an analog processor beyond its peak headroom. Analog
clipping generally comes on gradually, while digital
clipping becomes severe quite rapidly. Therefore,
analog clipping sounds easier on the ear than digital
clipping, but they are both forms of distortion. Clippers
are specialized devices that electronically cut momen-
tary peaks out of the waveform to allow the overall level
to be raised, ostensibly a better-sounding approach

Dynamic Range:
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than just clipping the medium. Soft clipping attempts to
do this only a little bit, with less distortion, but I think
the results have been underwhelming. As you can guess,
I'm not a big fan of digital clippers, even the ones that
claim to get rid of aliasing artifacts by oversampling
their processing (aliases are ugly-sounding beat notes
between the sampling frequency and the harmonics

of the distortion). If I do have to clip to get more level,

I prefer to clip an analog stage: the harmonic distor-
tion products produced are more organic-sounding to
the ear than any digital clipper I've encountered, and
the filters in the ADC get rid of harmonics above the
Nyquist frequency without causing aliasing. Accord -
ing to Jim Johnston, it would take far more than 8x
oversampling to purposely clip digitally without causing
audible alias artifacts, which most designers don’t do,
and many CPUs can’t handle (yet). The better approach
is not to raise the level at all, for many CDs are already
too hot for their own good. Clipping is also a severe
problem for codecs such as AAC and mp3, which simply
don’tlike it. So if you still want to clip, first consider
the effects when coding. In Chapter 16, we'll look more
closely at types of clipping, why it should not be ac-
ceptable, but why sometimes we can get away with it. In
the meantime, I do not advise mixing engineers to clip
ADCs to get more “attitude” — at least until you have an
objective shootout with a mastering engineer, sending
both clipped and unclipped mix versions to see which
one sounds better after the mastering stage. Remember
that distortion is cumulative, and it doesn’t take much
to send a good-sounding recording over the edge.

Compression, Stereo Image, and Depth

Compressors tend to amplify the mono informa-
tion in a recording. Unfortunately, compression also

Chapter 6

collapses the soundstage of a recording while it brings
up the inner voices in musical material. Instruments
that were in the back of the ensemble are brought
forward, and the ambience, depth, width, and space are
degraded. Not every instrument should be “up front.”
Pay attention to these effects comparing processed vs.
unprocessed and listen for along enough time to absorb
the subtle differences. Variety is the spice of life.

The Mastering Engineer’s Dilemma

Without compressors in playback media, it is ex-
tremely difficult for the mastering engineer to fulfill
the needs of both casual and critical listeners, whether
sitting in quiet living rooms, jogging, or drivingin a
noisy car. It is our duty to satisfy the producer and the
needs of the listeners, so we should continue to use the
amount of compression necessary to make a record -
ing sound good at home. But try to avoid using more
compression than is required for home listening; this
will actually help FM radio play by reducing distor-
tion artifacts in the radio processors. If compromises
have to be made for car or casual play, try transparent-
sounding techniques for raising soft passages, such as
parallel compression (See Chapter 7).

In Conclusion

Learning the nitty-gritty of compressors is a lot of
fun and will be a lifetime task. The more I use them, the
more I learn.

1

One manufacturer, DBX, measures release time in dB/second, which is
probably more accurate, but hard to get used to.

5

In correspondence. A variation of this quote is in Owsinski, Bobby (2000).
Mastering Engineer’s Handbook.
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Introduction

In this Chapter, we'll introduce two new types of dy-

namics processors that seem counterintuitive: to make
the second one work, you have to learn to think “for-
ward” instead of “backward.” The effort is well worth it.

I. Upward Compression

When compressing a recording, I believe the ear
is much more forgiving of “cheating” soft passages
upward than of “pushing down” loud passages. The
latter, downward compression, can sometimes dimin-
ish the punch, snap, impact and clarity of a recording,
while the former, upward compression, can feel more
natural. As usual, the devil is in the details.

Let’s introduce an upward compression technique
that requires just a single knob —no need to adjust at-
tack, threshold, release or ratio —and it’s so sonically
transparent that only careful listening reveals that the
circuit is in operation! New Zealand radio engineer
Richard Hulse described his practice of parallel com-
pression to me: He had been using analog components
and was getting acceptable results, but suggested I try a
digital implementation.’ The digital approach proved so
successful that I use this mastering technique frequently
— either to supplement other techniques in more aggres-
sive music styles like hip hop, or as the sole compressor
in more subtle styles like classical or jazz music.

SOURCE

The principle is simple: take a source, and mix the
output of a compressor with it. In the digital domain, it
is possible to sum the source with a compressor without
any side effects, by using a precise time delay for the
“dry” signal exactly matching that of the compressor, as
shown in this block diagram (below, one channel only
of stereo shown).”

The parallel compression technique produces less
distortion than standard (downward) compression,
because the path is divided in two parts. For example,
if the compressor and the dry signal are mixed equally,
the distortion is reduced by 6 dB (one half), compared
to using the compressor alone.’ The effective amount of
compression is controlled either by the attenuator that
mixes the compressor with the linear path, or by the
compressor’s own makeup gain. When you build a par-
allel compressor from plug-ins, a DAW with automatic
latency compensation does not require the extra time
delay. Test this by adjusting the parallel compressorto a
1:1 ratio and unity gain, and invert the polarity of either
half of the chain. This will produce a complete null (no
sound) if the time delay is correct to the sample. Or you
can simply move the compressor gain up and down to
verify that there is no comb filtering.

Transparent Parallel Compression

I have two different approaches to parallel compres-
sion. The first one is the transparent approach taken by
Richard Hulse, in which the compressor is as

Time Delay

>,

Attenuator or

Compressor [ Makeup Gain

invisible as possible, producing no obvious
tonal shifts and little or no loss of transients.
In many cases this technique is indistin-
guishable from manual fader riding, and
highly suitable for delicate acoustic music.

The Parallel Compression technique employs a matched time delay in the “dry” signal path to avoid phase shift or

| This transparent parallel compressor raises
gain at very low levels and contributes less to

comb filtering. X is the symbol for “sum.” This yields very transparent-sounding upward compression.
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the total sound as the signal gets louder. Here are the
ingredients of this recipe:

. Threshold: set the parallel compressor’s threshold to
an extremely low -50 dBFS. This will put the parallel
compressor into heavy gain reduction nearly all the
time, and ensures that the compressor will be apply-
ing extreme gain reduction during loud passages. This
works because, in principle, if you add a second signal
that is 20 dB or more below the main signal, this sec-
ond element will not perceptibly contribute to the total
level or the sound. Because the output of the parallel
compressor is pushed significantly down during loud
passages, it contributes only negligibly at high levels.

- Attack time: set as fast as possible — one millisecond
or less, if available. This will preserve the transient
impact of the original sound: as soon as a loud tran-
sient hits, the compressor will instantly go into gain
reduction. The faster the attack, the more invisible the
parallel compressor, and more transients are pre-
served, requiring accurate look-ahead (see Chapter
6). Note that this is opposite to how you would use a
downward compressor, where very short attack time
softens transients. Here we must think “backward.”

* Ratio: setto 2:1 or 2.5:1 (I prefer 2.5). This is the root
setting of the compressor, but actual achieved ratio

in parallel depends on the output level of the paral-
lel compressor. Richard has developed a chart by the
numbers, but I prefer to go by ear.

* Release time: set to medium-length. Experiments
show that 250-350 milliseconds works best to avoid
breathing or pumping, although in cases where the
reverberation is very exposed, particularly in a capella
music, as much as 500 ms may be needed to avoid
overemphasizing the reverb tails.

- Crest factor: set to Peak. I've found the most transpar-
ent parallel compressors are peak-sensing.

+ Output level or makeup gain: adjust to taste. With the
parallel compressor off (-e< gain), there is no com-
pression. Above about -5 dB, compression will be very
noticeable, with even medium-level passages being
raised in level, and there will be an audible loss of
transients and snap. A nice subtle compression can be
achieved with settings of -15 through -5 dB.

Parallel Compression for Tonalization or Attitude

In this second approach to parallel compression,
which I call attitude parallel compression, we set the
compressor in a normal way, to achieve some attitude
or punch with minimal effect on the loud peaks, orto
warm or clarify the low- to mid-levels of the music. The
attitude parallel compressor effectively brings up the mid
levels, where the core of the music lives. This can help
produce that desirable epic quality in rock and roll. This
parallel technique can often fatten up sound better than
anormal compressor, because it concentrates on the
mid-levels without harming the highestlevels. Here is
our second recipe:

« Threshold: set in the middle of the musical action, as
described in Chapter 6, resulting in up to 5-7 dB of gain
reduction for this application, often as little as 1-3 dB.
« Attack time: set to medium (start with 125 ms), be-
cause too short an attack time will subdue transients.
Look-ahead is unnecessary.

+ Ratio: set to taste, set for the aggressiveness of the
desired action, in conjunction with the output level.
Try 1.3:1 through 3:1.

+ Release time: set to taste, set to work in concert with
the attack time and the music’s movement, to obtain
maximum rhythm and punch.
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« Crest factor: set to RMS. I've found the best attitude
compressors are RMS-sensing.

+ Output level or makeup gain: adjust to taste, whatever
obtains the desired effect, rarely past -6 dB. Even
mixed at -6 dB, parallel compression will degrade

transients and instantaneous peaks less than a stan-

dard downward compressor, because the dry signal

\ A Thresh

| Al Attack

Defeat Thresh,

-200dB|

Lo Gain LoMid Gain
-13.3dB -13.1dB

-17.0dB}

. Al Release

Mid Gain
-11.5d8

» Defeat Ratio

off| re

A Ratio
-11.5dB

14:1

HiMid Gain Hi Gain
-17.5dB -17.7 dB

Tonalization: The TC MD4 performing “warming” parallel compression using higher gains in the low mid band.
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is still contributing more to the total than the com-

pressed signal.

Tonalization is my term for a form of dynamic
equalization performed by using a multiband compres-
sor in parallel mode. The tonality of the program can
be changed by manipulating the gain of each frequency
band being mixed in parallel. For example, you can
warm up the mid-levels of the program without sac-
rificing clarity at high levels, or add presence at low
levels. The other advantage to parallel bass-frequency
compression is that the body of the bass instrument
gets fatter without destroying its pluck. Or when you in-
crease the presence frequencies at low levels, the sound
can be clearer and better defined without becoming
harsh at mid or loud levels.

Several digital compressors incorporate built-in
parallel compression, including the TC Electronic MDy4,
in the System 6000, Weiss DS1-Mk3, and the PSP plug-
in Mastercomp. The Weiss’s action is imperceptible,
so it’sideal for classical music. The MD4 excels at both
tonalization and attitude style and is no slouch at the
transparent style. For subtle fattening, which also con-
tributes to the punch, the MD4, is my "go to"multiband
parallel compressor: typically having 3 to 5 dB of action
and mixed as low as -14 to -17 dB. Multiband simply
helps to keep it more invisible than single band.

The MDgy, (pictured here) can also tonalize by subtle
manipulation of the levels of each band, via the faders
at the bottom. Additional warming is accomplished via
alittle more parallel compression in the low and mid
bands than in the high bands. These are the gains at
which the output of the compressor is being mixed with
the dry signal. This produces a very different effect than
anormal downward multiband unit because it subtly




brings up low level material in selective bands but leaves
the high level material relatively untouched. However, if
you heara radical tonal difference at different levels, set
the band gains closer to the same amounts.

As with any process, if upward compression is
pushed too far, it will call attention to itself. It's like us-
ing fill flash on a camera: too much fill, and the picture
becomes overexposed. The first audible artifact will

be increased sustains and emphasized reverberation,
followed by loss of transients, and finally, breathing

or pumping. Instant hip hop hit! These artifacts can
sometimes be reduced by raising the release time or
raising the attack time when using the attitude ap-
proach. However, if the music is so open or delicate that
the process continues to call attention to itself, the only
solution is to abandon the processor and manually raise
the passages which are too soft. Also note that not every
song that needs compression benefits from maintain-
_ingtransients. Rock and roll music can get punch and
power from judicious downward compression with
medium or long attack time.

Il. Upward Expansion

Another underused but incredibly useful process-
ing technique is upward expansion — definitely a

: echnique worth learning, and no more difficult to
use than a downward compressor, once you learn to
hink forward! Some people think of upward expand-
€rs as uncompressors, but they're far more than that

(indeed there is a limit to how much a sound can be
restored once it has been excessively compressed).
Rather, upward expanders can be used to emphasize
different parts of the dynamic rhythm than those parts
ected by downward compressors. For example,
Upward expansion is great for adding liveliness to bor-

ing musical samples, and it can also put the snap back
into a slightly-squashed snare drum. I personally avoid
devices like transient enhancers or exciters, which add
their own distortion. Instead, when searching for more
snap, [ use an upward expander to directly manipulate
or enhance the microdynamics.

In the analog days, upward expanders were difficult
to build until the advent of the VCA,*but it is a simple
matter to turn any VCA-based compressor into an
upward expander by inverting the control voltage. The
first commercial dedicated upward expander was prob-
ably that built into the DBX model 117 (1971), which
was designed to enhance dynamics in a hi-fi system.
Another early upward expander was the Phase Linear
Peak Unlimiter. The honor for the first digital upward
expander goes to the Waves C1 (plug-in), algorithms
designed by Michael Gerzon; ever since then, every
Waves dynamics processor includes fractional ratios for
upward expansion. The first stand -alone digital upward
expander was in the DBX Quantum mastering unit,
followed shortly by the Weiss DS1-MKz2. The Waves Cy4,
(plug-in) is the first single processor that can perform
all four dynamics processes. The Maselec MLA-4 (page
108) is the first analog multiband processor which
can perform simultaneous downward compression and
upward expansion in different bands, very useful, e.g.
to de-ess the high end and at the same time add attack
and punch to the bass drum.

Think Forward

In downward compression the output level is pushed
downward while the incoming level is moving upward
(above the threshold), which is out of sync with the
natural movement of the music: applying too much

- downward compression is like trying to swim away from
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shore as heavy waves push you back-
wards towards shore. By contrast,
upward expansion further increases
the level of incoming passages that
are already increasing —a process
that is in sync with the motion of the
music. It’s like swimming toward the
shore while being pushed forward

by the waves. Though it may be
necessary to use output attenuation
instead of makeup gain to prevent
the output from overloading. Upward
expansion results in an increase in

dynamic range: if used appropriately
" A . .
An upward expander with .75:1 ratio, expressed in decimal and dehcatel}/" itbecomes as valu-

(1:1.33 expressed as a fraction). Threshold is -32 dBFS,
and without attenuation, the output will overload if input

able a production tool as downward

, compression. Neither process is the
exceeds approximately -10 dBFS.

cure for every problem, but today
in mastering I often have to think

forward instead of backward!

For illustration (pictured above left), this transfer
function shows an upward expander with a severe .75:1
ratio and threshold at -32 dBFS. Without attenuation,
it will overload with input levels exceeding about -10
dBFS. Note that the ratio

Figure A
— . of an upward expander

Figure B

can be expressed in
decimal or fraction

y form, depending on the
manufacturer’s prefer-
ence. The Waves units
use decimal form, while
the Weiss unit expresses

Slow attack,
fast release.

A i this ratio as a fraction
attack, slow release. ’
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1:1.33. Typically, the usable range of ratios for master-
ing with upward expansion is small, from a very gentle
1:1.01 through about 1:1.2 (fraction); equivalent to 0.99
through .83 (decimal). A useful value for music en-
hancement is around .95 decimal (1:1.05 fraction).

Figure A (below) shows an upward expander with fast
attack and slow release; Figure B shows one with slow
attack and fast release. As you can see, the dynamic char-
acteristics are the opposite of the compressor examples
shown in the previous chapter. The best way to learn how
to use an upward expander is to compare it to a downward
compressor, described in the chart on page 109.

Upward compressors and upward expanders make
anice team that can fatten sound at low levels, raise
the average level, and increase the impact or liveli-
ness at high levels. You can also combine downward
compression with upward expansion using the right
combination of thresholds, thus relegating the com-
pressor to bringing up the mid-levels, and the expander
to produce more dynamic and natural high levels and
preserve the transients. While downward compressors
tend to “sweeten” or warm up sound, upward expand -
ers tend to brighten sound, because they increase the
strength of transients. If the sound becomes too bright
or “snappy,” consider expanding only the bass through
the lower midrange. This warms up the sound by raising
the bass as loudness increases. This is subtly different
from a tape saturator, which lowers high frequencies as
loudness increases. The former approach enhances dy-
namic impact, while the latter may soften it.

Compromises When Making Hot Masters

Neither downward compression nor upward expan-
sionworks very well above a certain program loudness.




With the first technique, when we are asked to make a

~ “louder” master, the sound becomes more squashed.
With the second technique, to prevent peak overload
distortion, we have to use more limiting. This eventu-
ally counteracts the expansion, and impact is again lost.
If we cannot live with the degradation, the only solution
is to master at a lower program level.

Measuring the Effect of the Processing
Afewlevel meters have been developed that si-
multaneously show the average and the peak levels of
the music. Pro Tools 11 includes the K-System meters,
which can do this. If the distance between the peak and
the average has increased, chances are that the micro-
dynamics have also increased. During mixing, simply
raising the snare drum level a dB can increase the peak-
to-average ratio of the mix. During mastering, raising
the attack time on a downward compressor or lowering
the attack time on an upward expander can raise a snare
drum’s apparent level as well as the microdynamics of
the entire piece. In Chapter 16 we will discuss a new

Comp In, Exp Byp
Exp In, Comp Byp

-5

concept called PLR (peak to loudness ratio), which is a
more sophisticated approach to this measurement.

Does Compansion Really Work?

Is there such a thing as an "uncompressor” that can
bring material with squashed dynamics backto life?
If a dynamically-challenged source has no incoming
dynamic variation, the expander can do nothing, or it
will make the sound worse. But if there is some dynamic
movement left in the source, an expander with the right
parameters can improve its movement, pace, rhythm,
and transient impact. This requires experience and
careful listening. Compansion means compression fol -
lowed by complementary expansion. The figure (below)
shows compansion can work with some loss of informa-
tion. A toneburst alternates between -15 and -5 dBFS,
followed by a downward compressor, then a comple-
mentary upward expander. As illustrated, the average
levels are restored, but the initial transient attacks, and
to some extent the decays are not well-preserved.

Original Signal —> <«— Compressed—>» <«— Expanded —» <«— “Decoded”—>

Does Compansion Really Work?
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Gain +3 dB

Gain 0 dB

s

00:06:25:15 =00:06:25

Creating an artificial
sforzando

lll. Increasing Microdynamics Manually

We can change musical macrodynamics, and some-
times the microdynamics, by doing manual edits and
gain changes in a DAW. In the above figure, the attack
of the first note of a song has been artificially enhanced
with very brief manual upward expansion (the brevity
makes it microdynamic). Atleft, the first few millisec-
onds of the note have a greater gain (in this case, 3 dB),
and then there is a crossfade to a gain of o dB, resulting
in a sforzando. Interestingly, the producer was looking
for a surprise when this track entered, and I initially
had the beginning attack at +5 dB. But when he took the
reference CD home, he was really startled, so I took it
back a bit for the final master.

sidechains
link

This Chapter completes our dynamics trilogy.

1

Richard initially called this sidechain compression, but [ suggested a name
change to avoid confusion with the sidechains of compressors. This
technique was publicized by Mike Bevelle in the article Compressors and
Limiters, Studio Sound, October 1977 (also reprinted June 1988). Also
known as "New York style compression,” engineers have been playing with
parallel compression techniques for many years.

2

There are other theoretical methods for achieving upward compression:
for example, summing a downward expander with the dry signal in op-
posite polarity ; or upward expansion, summing a downward compressor
with the dry signal in opposite polarity. I have not experimented much with
either technique. Thanks to Cris Allinson for this hint.

3

This was the principle of the Dolby A/SR systems, which used a direct
signal path summed with a compressed one, doing as little harm to the audio
as possible.

4
Voltage controlled amplifier. When automating a mix in an analog console,
the audio passes through a VCA unless it has moving fader automation.

PROCESSING M
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The Maselec MLA-4 is the first analog multiband mastering processor with each band switchable between downward compression or upward expané[on.



DOWNWARD COMPRESSION

nakes sound louder during the descent of the music (release phase)

nds to go against the natural movement of the music, especially when the
arameters are not optimized.

ustains seem too long or too prominent, lengthen the release time.
attacks seem too dull, lengthen the attack time.

ou don't like the percussiveness (e.g. snare drum), speed up the attack.
ncrease the ratio of rhythmic snap to smoothness, lengthen the attack.
vnward compression does not help the snap of percussion instruments, but
n increase their punch.

ih work very well with upward expansion, which can enhance some transients
lich compression may have overly softened.

y easy to degrade the liveliness or “bounce” of the music if time constants
not optimized or if overused.

n decrease the overall dynamic range of the song (macrodynamics), in addi-
h to affecting the microdynamic impact of the music.

s to de-emphasize musical accents and emphasize the sub accents and
tains in reverse proportion to their original movement.

UPWARD EXPANSION

makes sound louder during the rise of the music (attack phase)

makes the high-levels of the music louder and the low to mid levels softer

tends to exaggerate transients and high frequencies (subject to time constants
and threshold).

Attack times as short as a few ms can restore and sharpen lost transients (e.g.
from analog tape or overcompressed sources).

Typical attacks 1 ms through 300 ms. If a transient still sounds too sharp with
>150 ms attack, perhaps this is not the right process for this music, or con-
sider a touch of limiting after the expansion, or expand only below a certain
frequency.

tends to make sounds brighter or sharper.

tends to work with the natural movement of the music, especially when the
parameters have been optimized.

If sounds “jump out” too much, lower the ratio, lengthen the attack, and/or slow
down the release.

If attacks seem too sharp, lengthen the attack time, use less expansion, or apply
expansion only below a certain frequency.

If sustains seem too short, lengthen the release time.
If attacks need enhancement, shorten the attack time.

If you don't like the percussiveness (e.g. snare drum), slow down (lengthen) the
attack. To increase the ratio of rhythmic snap to smoothness, shorten (speed up)
the attack. Upward expansion is very good at helping the snap of percussion
instruments, however, sometimes at the expense of the vocal balance because
percussion becomes more prominent. Too much expansion and punch is lost.

can work very well with upward compression, which fills in any perceived low
level "holes” or lost sustain.

Very easy to enhance the liveliness or “bounce” of the music, but watch out for
too much “bounce” or exaggerated dynamics.

can increase the overall dynamic range of the song (macrodynamics), making a
climax seem even more climactic, which can be very effective.

tends to emphasize the hottest musical accents and to a lesser degree, the sub
accents in increased proportion to their original movement.

can be followed by a limiter to prevent loud (expanded) passages from over-
load. As long as the limiter is used to cheat down very short, momentary tran-
sients, it will not significantly diminish the effect of the upward expansion. The
limiter’s gain reduction meter should be moving very little and on brief occa-
sions, while the expander’s gain increase meter should be bouncing with the
syllables of the music that's being enhanced. Be careful that the limiter does
not audibly diminish the benefit of the expander or there is no point.
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CHAPTETI 8

Audio

Restoration

l. Introduction

In this chapter, we introduce the subject of audio restora-
tion, largely concentrating on noises and distortions that we
may encounter in modern recordings. I could write a whole
" book on this topic, which would include important practices
like restoring from LPs when the tape masters are not available,
or transferring and restoring analog tapes, or 78 RPM records,
areas not covered in this book.

Noise and Distortion

Specialists in any developed subject create a vocabulary to
mark distinctions that are not generally noted, or even no-
ticed, by the non-specialist. Although a layperson would lump
distortion and noise together, an audio engineer characterizes
distortion as a particular form of noise: one that is correlated
with the signal. Distortion can be low level and sound much like
what is normally called noise, or it can be high level and quite
obtrusive, lying on the peaks of the signal.

Continuous or Impulsive

Noise can be either continuous (with little or no dynamic
movement), orimpulsive (intermittent or periodic). Some ex-
amples of impulsive noise include: crackle, click(s), tic(s) (very
short duration clicks), and pops (primarily low frequency).
Continuous noise is further divided into two categories: broad-
band and tonal. What distinguishes broadband from tonal noise
is that although the former can have a frequency response char-
acter or color, ithas no obvious identifiable single frequency
component(s). The color names we use to describe broadband
noise include white (wideband with a rising high frequency
response), pink (wideband with a flat frequency response),
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“It takes a lot of noise to
distract the average listener,
but not much noise reduction

to harm the sound.”

rumble (narrowband
with a distinctive
bassy character), or
hiss (narrowband with
strong components in
the 2 to 10 kHz range).
By contrast, tonal
noise contains distinct components at single (or mul-
tiple) frequencies, e.g., feedback, buzz, or hum. Hum
consists of the lower frequency components of the pow-
erline. In Europe and Asia the powerline fundamental
is 5o Hz, with lower harmonics of 100 and 150 Hz; in the
U.S. it’s 60 Hz, with lower harmonics of 120 and 180 Hz.
Buzz consists of the higher harmonics of the power line
frequency, running (in a 60 Hz series) from 24,0, to 360,
and right up to 2400 Hz and higher in severe cases.

Why Reduce Noise?

The first type of noise that often comes to mind when
we think of noise is tape hiss, a potential problem when
restoring old analog tapes. Preamp hiss from musical
instruments and microphone amps is less prevalent
today, but still found on modern recordings. When
the CD first appeared, some mastering engineers were
overzealous about removing noise, because the me-
dium was billed as silent — but this practice resulted in
botched masters with ugly artifacts: silence where there
should be room tone, loss of ambience and definition,
and noise modulation. Fortunately, we soon became less
concerned about hiss from analog tape sources. Listen-
ers have become used to the idea that a classic analog
source master might be alittle noisy, and engineers
recognize that noise reduction has its tradeoffs. In fact,
ittakes alot of noise to distract the average listener, but

not much noise reduction to be debilitating to the sound.

Keep this in mind when deciding when to attack noise

Chapter 8

and when to leave it alone. When the noise is intermittent
(as opposed to continuous), it is far more problematic
because it attracts attention when it comes in and out.

Alot of project studio mixing rooms are not as quiet
as they should be: air conditioner rumble, airflow
noise, and fans in computers cover up noises in the
mix. Regardless, the mix engineer should be concen-
trating on other things than whether or not the singer
produced a mouth tic. Consequently, when the mix
arrives at the quiet mastering suite, we notice prob-
lems that escaped the mix engineer —mouth noises,
click track leakage, electrical noises, guitar amp buzz,
preamp hiss, or noises made by the musicians dur-
ing the decay of the song. We use our experience to
decid