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Digital audio recording is all about 1s and 0s. The

binary system is used to encode all the glorious

sound fed into the computer so you can tweak,

manipulate, process, mix, and edit to your heart’s

delight.

This chapter will take you beyond elementary

recording setups in Pro Tools and focus on real-

world techniques both inside and outside the soft-

ware. The goal is efficiency. The faster you can get

a solid sound coming through the monitors, the

more time and energy you’ll have for that moving

performance. We will focus on the basic elements

of mic placement for the most common instrumen-

tation of a rock band, but most concepts apply to

sound design, broadcast, or any type of recording.1
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I/O Recording Techniques

Using Pro Tools to record a band can be a fun, creative, and rewarding experience for
everybody involved. The streamlined virtual nature of the Pro Tools interface coupled
with the instantaneous nature of hard disk recording is a godsend for those who want
more time to create. And that’s what it’s all about, isn’t it? In the old days of analog
recording, we had to wait around for extensive patching, calibration of tape machines,
setup of multiple headphone mixes, and so on. With Pro Tools, you can make all this
happen in a fraction of the time. The key to all of this is preparation, preparation,
preparation. We will illustrate how you can set up and manipulate the Pro Tools I/O,
create lightning-fast headphone mixes, and record into your Pro Tools interface so that
you have more time for the good stuff: recording the hits.

It’s now time to introduce you to an imaginary band we’ll use to help illustrate
Pro Tools concepts throughout the book: The Condensers, a typical small rock band
made up of a drum kit, a bass guitar, an electric guitar, and a vocalist.

Preconfiguring the I/O Setup

You need to be ready for the band before they even walk through the door. Here’s how
to preconfigure the I/O setup to accommodate the band:

1. Choose I/O from the Setup menu. Click the Default button that appears in the
I/O Setup dialog.

2. Click on the Output tab at the top of the dialog to access the Output panel.

3. Double-click the default output names to highlight the field. Name your outputs
as shown in Figure 1.1:

• 1–2 MIX

• 3–4 PHONES MIX 1

• 5–6 PHONES MIX 2

• 7–8 PHONES MIX 3 

4. Press Enter to lock in the changes. This will provide you with a “control room”
mix and three separate and distinct headphone mixes for the individual perform-
ers of The Condensers.

N o t e : These setup ideas are designed to work with at least an eight-channel Pro Tools interface. Users

with a Digi 002, Digi 002 Rack, or any HD interface will be able to configure the I/O to resemble the examples in

this chapter. Due to differences in the interfaces, there will be some variation in the dialog texts for different

systems.
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is something to take into account. Drumming for the recording studio requires a whole
different skill set than playing drums live at a show. All the intricacies in feel, dynamics,
and technique are going to show up indiscriminately when you hit Record, so be pre-
pared to deal with them.

The Roomy Drum Sound

Now let’s get down to brass tacks. The big room sound always starts with the over-
head microphones. If you can get the whole kit to sound balanced in the overheads,
most of your work is done and you can blend in other more closely mic-ed sources
like salt and pepper to taste. Use your best cardioid condenser microphone here, but if
you are going with a two-microphone stereo overhead setup, make sure you have a
pair of the same type microphone. Small-diaphragm condensers like Neumann KM 184s,
Schoepps 221s, or AKG 451s do the trick here, but you could get a huge sound out
of a pair of Neumann U67s, AKG 414s, or even some Audio Technica 4050s. Phase
correlation is everything here, so you may try them in an XY correlation, with the
capsules pointed 90° at each other on a boom stand about a foot above the drummer’s
head. Make sure the drummer doesn’t harm your precious microphone with his sticks
though! A spaced pair works well here, with the two microphones facing downward
and several feet apart from one another. In this case, it helps to monitor both micro-
phones in mono, with their tracks panned center to check for phase anomalies. Keep
the 3:1 rule in mind (see the sidebar “Phase”). If you are getting too much cymbal,
you can try putting the microphone lower, about 3 or 4 feet in front of or behind the
drum set.

Once the balance is perfect and the drums are sounding good, you can micro-
phone up the kick and snare. The most popular microphone for the snare is the Shure
SM57. Its ability to handle the fast transients and high sound pressure levels are unri-
valed, so most people don’t stray from it. But hey, no one is stopping you from a little
experimentation—definitely see how other dynamic microphones sound. The biggest
sound variation will come from placement of the snare microphone, so start with the
microphone over the rim of the drum angled 45 to 60° downward pointing at the cen-
ter of the drum. All snares are different, and each player hits differently, so you may
need to experiment with the angle of the microphone to get the optimum sound.

Mic-ing the kick drum can be tough. The low frequencies take distance to fully
develop, so at close range they are sometimes hard to grab ahold of. Start with a
dynamic microphone that can handle high sound pressure levels, like an AKG D-112,
Sennheiser 421, Beyerdynamic TGX150, or Shure Beta 52. If the kick drum has a hole
cut in it (this is recommended), place the microphone halfway in the hole pointed
directly at the beater on the front head. The distance is crucial and variable, so experi-
ment a bit until you get the optimum mix of attack and low end. The brighter attack
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will come from the beater hitting the front head and the low-end sounds will develop
inside the drum.

That’s it for the minimal style. This setup will yield the biggest, roomiest sound-
ing results. Speaking of big and roomy, don’t forget the room microphone! In addition
to this setup, it is always nice to find a spot in the room where you can put a satellite
condenser microphone. It is tricky to find this spot because if you are too close, it
will not add much, but if you are too far, it may sound too reverby. This microphone
should be recorded onto a separate track and can be later crushed to smithereens by a
compressor to get that huge Bonham sound!

The Tighter, More-Controlled Drum Sound

Ahem, tighter please.... If it is control you are after, you’ve come to the right place. After
all, Pro Tools offers us many options with editing, Sound Replacer, looping, Strip Silence,
Beat Detective, and so on. (See Chapter 3, “Editing: Slip, Shuffle, and Spot Your Way
Home,” for more editing ideas.) Almost all of these tools require the drum recordings
to be clean and the sounds to have good isolation from each other.

To get a tighter sound by close mic-ing, you can start with the basic setup for
the big roomy sound we mentioned earlier but add more microphones to the mix.

The snare can sometimes benefit from a microphone underneath as well. This
can pick up the metal snares for more bright character. Just about any microphone will
work for this, and the phase will usually have to be inverted 180 degrees with a plug-in
inserted on this microphone track (see Figure 1.13).

The toms can be mic-ed 2 or 3 inches from the top heads near the rim, pointed
toward the center with a dynamic microphone. Sennheiser 421s are popular choices
here, as are SM57s. Make sure the capsule is angled in a way to cancel out cymbal
noise here since you are going for isolation.

If the hi-hat isn’t cutting through the way you want it, you can mic it angled
away from the snare using a small-diaphragm condenser microphone like the AKG 451
or Neumann KM 184. It may be a good idea to filter out lower frequencies with an
equalizer, or EQ either during or after tracking for this microphone.

Since you are tracking digitally and hard drive space is so cheap, if you’ve got
the microphone and inputs, there can be no harm in tracking drums with this more-
complex setup. As you will see in the Chapter 3, there is no limit to what is possible with
isolated drum sounds in Pro Tools. After all, it is much easier to remove unnecessary
tracks than to wish nonexistent tracks into being!

Figure 1.13 The phase flip

symbol on Pro Tools plug-ins
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Phase (Continued)

The phase issue occurs when you play both tracks together. Notice how microphone B’s peak occurs
at the same time as the valley of microphone A’s waveform? These two conflicting signals will par-
tially cancel each other out, resulting in a very un-phat kick drum sound. Not usually the goal!

So with this example, you can see that every time you use more than one mic to record, there will
always be a phase relationship between all the mics in the room. Mics are rarely completely or 180°
out of phase or in phase but rather slightly more in or out from each other. Don’t let this scare you!
There are some tried-and-true techniques to help you deal with this. Some engineers do not view
phase as a problem but rather a bounty. It is our approach in this book to embrace phase relation-
ships and use them to our sonic advantage. Keep in mind that Pro Tools always offers the advantage
to slightly nudge one waveform forward or backward in time to help with the phase relationships.
See the section “Dealing with Phase” for more on this.

Recording the Electric Guitar

In comparison to some other instruments, recording the electric guitar is a relatively
simple, fulfilling, and zesty enterprise. In terms of different guitar tones, the guitar
player, the effects pedals, and the amp settings are going to be as important as micro-
phone placement and technique. But there are a few tricks of the trade to get that
ungodly crunch or the wistfully expressive chime of the electric guitar.

The first myth to dispel with amp recording is that the size and loudness of the
amp has anything to do with how it will translate when recorded. It’s not the size that
matters; it’s how you use it. In fact, if anything, the bigger, louder amps will sound
smaller in comparison to the smaller ones. Jimmy Page used a tiny 8-inch speaker,
12-watt Fender Champ to record some of his most raunchy guitar solos. That said, if it
is overdrive you are going for, the amp gain has to be at a certain level for the amp to
start achieving that lovely natural overdrive.

Start simple, with one cardioid microphone placed as close to the grill of the
amp as possible, pointed directly at the outer portion of the best-sounding speaker in
the cabinet (if there is more than one). The more you angle the microphone toward the
center of the cone, the brighter the tone will get. Favorite microphones for this are the
Shure SM57, Audio Technica 3035, Sennheiser 421, and Beyerdynamic TGX50 (yes, it
is a kick drum microphone, but try it; you’ll be pleasantly surprised).

If you want a more complex sound, add a room microphone about 5 to 8 feet
in front of the amp. This technique works well in good-sounding rooms or even wood
hallways. Condenser microphones work well for this, but be mindful of phase issues
that will arise. Move the room microphone while listening to both microphones and
also abide by the 3:1 rule and you should do fine.
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Condenser, Dynamic, and Ribbon, Oh My …

One of the most frequently asked questions we hear is, What is the difference between a condenser
and a dynamic mic? And then, What is a ribbon mic? And then, of course, What does 48v mean and
what is this phantom power stuff? All good questions indeed. Remember, each category of micro-
phone (condenser, dynamic, ribbon, piezoelectric, etc.) refers to the physical method in which it
converts sound waves into electrical current or voltage. Let’s get to it and look at the three most
common mic types.

Condenser

Condenser mics are the standard for most studio applications that require maximum clarity, subtlety,
and detail in the recording—vocals, acoustic instruments, string sections, ambient room sound,
and stereo overheads on a drum kit just to name a very few. Here’s why we like them: They have a
flatter frequency response than dynamics, and they are more sensitive and can pick up the subtle
nuances of a performance more effectively, and because they are powered, they have a higher
output than dynamic mics. And come on; with the proximity effect, every singer can at least try to
sound like Bryan Ferry! Be careful though; these mics are easily overloaded. Monitor your preamps
or board carefully to avoid clipping and distortion.

Here’s the breakdown: Condensers need to be powered to operate.To power a condenser microphone,
you can use an internal power source such as a battery or you can use externally supplied phantom
power (see below). Physically, the condenser mic is a capacitor, converting acoustical energy to
electrical energy using two plates containing voltage between them. The thinner outer plate
acts as the diaphragm. The diaphragm vibrates when it is struck by sound waves, and as it
moves back and forth it changes capacitance. This is then routed to the microphone wires as 
AC voltage and then out of the microphone via a three-pin XLR cable. It should be noted that
the market for condenser mics has changed considerably in the past five years. One of the
downsides of condensers in the past might have been the high asking price, but in this new
millennium you can find condenser quality for a dynamic price. There have never been as many
quality microphones available for such an inexpensive entry point. Competition is good. Some of
the more popular condenser microphones include the Neumann U87, the TLM 103, the AKG 414,
and the Audio Technica 4050.

Phantom Power

Phantom power is a method of carrying a DC current through audio cables to power condenser
microphones as well as other gear. Condenser mics, being capacitors, need to be powered to
operate. In the beginning, condensers had their own power supply and were bulky and cumber-
some. Phantom power freed condensers from needing to supply their own juice. Condenser mics
can get their power from an internal battery as well. Many people see the old 48v on the side of a 

Continues
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Condenser, Dynamic, and Ribbon, Oh My … (Continued)

mixing board and never really know what it all means—one of the great mysteries of recording.
The wiring for the audio traveling through a microphone is AC current, but to operate the micro-
phone needs DC current too. Phantom power lets you feed both with one cable.

Dynamic

The venerable old dynamic microphone is the workhorse of the industry. More people have SM57s
than Neumann M49s; that’s for sure. Dynamics are valued for their price, durability, and ability to
handle very LOUD music. Many types of dynamic microphones are unidirectional, allowing the
microphone to focus in a certain area and reject any sounds from behind. On stage, the dynamics
are more useful than condensers or ribbons because they don’t distort or feed back as easily and
require no power. Dynamics are more durable than condensers in general; toss an SM57 against a
wall and you get a dented but functioning SM57. Toss a Telefunken U47 against the wall and you
get a very broken, very expensive microphone and then probably lynched by every engineer and
singer that has ever used one. Dynamic mics work on the principle of having sound waves move a
diaphragm that is connected to a coil (moving coil). As the diaphragm moves, the coil connected
to it moves across a magnet, creating a current in the coil, which is carried away from the micro-
phone along the internal wires to the cable. Some of the more common uses are toms, snare,
kick, guitar amps, and horns. Some of the more tried and tested dynamics are Shure SM57 and
SM58, Sennheiser 421, and AKG D-112.

Ribbon

Well, if you know about ribbon mics, then you can wipe up the drool from the page now. How
about the RCA 77A, one of the most famous microphones of all time? Developed in the late ’20s,
ribbon microphones need no external power supply and deliver some of the most sought-after
sound ever recorded. You find fewer and fewer of the vintage ribbons these days for a number of
reasons, but newly manufactured ribbons are on the rebound. The color of sound they can capture
is almost an opiate to some engineers. Talk about them and their eyes glaze over. They are very
fragile microphones and can be ruined in an instant if mishandled. This is how they work: A metal-
lic ribbon is placed in a magnetic field, and as sound waves vibrate the ribbon, it creates a very
small electric current. Because of this, the microphone has a very low output and needs a clean
and powerful preamp to crank it up to suitable levels. Most ribbon microphones are very sensitive
at the front and back (0° and 180°) but dead on the sides (90° and 270°) and can be as warm and
lush as an afternoon on a tropical beach. Now if we can just get a gig recording wave sounds
(sound waves) all day, we’re good! Some vintage examples of ribbon microphones include the
Coles 4038 and the Shure SM33 as well as the RCA dynasty of ribbon microphones that inspired a
generation of broadcasting and recording. The newer class of ribbon microphones includes Royer
Labs R-121 and Beyerdynamic M-160.
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A word about ribbons: Because of their mellow high end, ribbon microphones
work especially well in capturing a classic, warm, vintage tone on clean guitars. There’s
nothing like a Fender amp with some tremolo and spring reverb going into a Coles rib-
bon microphone. Sweetness.

Capturing the Acoustic Guitar

How could something as innocent and pure as a simple wooden acoustic guitar cause
so much strife when you try to record it? The acoustic guitar can be a very elusive
instrument to capture. The reasons are many. For such a simple device, it produces
quite a complex sound, one full of rich overtones, dynamic transients, and a full fre-
quency range of full low end and brittle treble. Getting the acoustic guitar to translate
in a recording exactly how it sounds in the room it is being played in pushes recording
tools and technology to the limit of their capabilities. There is a method to the mad-
ness, however, and the following techniques will get you closer to achieving that capti-
vating acoustic guitar recording into your Pro Tools session.

Line ’em up! When you know you are going to track an acoustic guitar, the first
thing to do is gather as many of them as you can. Even though DJ turntables outsell
guitars to young American teens, you know you have a few friends who have one lying
around. You will be surprised at how a certain unlikely cheap guitar will sound more
appropriate than a very expensive Martin for the song you are recording. Another sur-
prising fact is that often the large-bodied D-28-style instruments will actually sound
tiny in comparison to the little parlor-style acoustic half its size, which sounds huge
when mic-ed up.

Be aware of the room you are recording in. The sound of the acoustic guitar
has a lot of live energy that will react to the surface of the room, so the same guitar
will sound much different in a small deadened room than it will in a large live 
wood one.

The next thing to ask yourself is, What role is the acoustic going to play? Is it
the intimate central element of a sensitive folk song, or is it playing a strummed sup-
port role along with electric guitars, keyboards, drums, and bass?

For that intimate sound, start simple. Place one cardioid condenser microphone
6 to 10 inches in front of the sound hole pointed directly at the 12th fret or where the
body meets the neck. The Neumann KM 184 and the Schoepps 221 are good small-
diaphragm microphones to try, while it is possible also to get outstanding results with
large-diaphragm condensers like the Audio Technica 4040, the Neumann U87, and the
AKG 414. The slightest movement here will mean a lot, so if you angle the microphone
more toward the sound hole, you’ll get more bass, and if you angle it more toward the
fingerboard, you’ll get more string and fret noise. Listen carefully to the performer
playing the part they intend to record as you angle the microphone. It also helps to get
on your knees and use your ear to locate the sweet spots around that general area.
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Polar Patterns

We’re switching polar patterns, and we’re not talking global warming!

The polar pattern on a microphone describes the physical area that is sensitive to approaching
sound waves. So even though sound waves may surround the entire microphone, by selecting
different patterns, you can determine which areas of the microphone will be sensitive to the
waves. This allows an engineer to either focus a microphone’s sensitivity or not, depending on
the situation.

Unidirectional

When you need to isolate the microphone on the old Marshall stack as much as possible, a unidi-
rectional microphone pattern is used to get the most of the amp and the least of the sound
around it. Its typical polar pattern (cardioid) allows sound to enter from the front and, to a lesser
extent, from the sides but offers maximum rejection to sound from the rear. The unidirectional
microphone is also subject to the proximity effect. The proximity effect exaggerates the lower fre-
quencies when a sound source is less than a foot away from the sensitive area of the microphone.
This can be a cool trick to bring out bass response, but be careful how close you get! There are two
other types of cardioids: supercardioid and hypercardioid. Both are similar to the cardioid’s pattern
but offer further refinements. Supercardioid has a more narrow focus than cardioid (115°), which
helps in isolating a recording but has a bit of pickup in the rear. hypercardioid, with the tightest
focus (105°), has the best side rejection from a unidirectional mic so it can really eliminate bleed,
feedback, and background noise but opens up to more rear pickup. Hypercardioid is the typical
microphone type built into a video camera because of these qualities.

Omnidirectional

Now say perhaps you want to record a cello in a church and the church sounds like Abbey Road
Studios; then you might choose an omnidirectional microphone so you get the instrument and the
room sound as well. An omnidirectional microphone records in a 360° field and has no proximity
effect.

Bidirectional or Figure 8

If you need to record an interview with two people and have one microphone, then a bidirectional
mic is the ideal choice since it records from the front and back (0° and 180°) equally well but rejects
sounds from the sides (90° and 270°).

With a basic knowledge of these patterns, you can be much more effective getting the right sound
by design, not by accident!
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A good bass tone always starts with the player, the gear, and the bass. Nothing
stands in the way of a well-intonated instrument, a dynamically consistent player, and a
solid-sounding amp. However, if you’ve got those things at your disposal, you are
going to want to capture them correctly.

When mic-ing the cabinet, it is best to use a large-diaphragm cardioid polar pat-
tern microphone, either dynamic or condenser. This type of microphone will react best
to the characteristics of the bass, and it is possible to take advantage of the coveted
low-end response by utilizing the proximity effect that occurs in this polar pattern.
Good dynamic microphone choices are the Sennheiser 421, Electro Voice RE-20, and
Beyerdynamic TGX50. Suitable condenser mics are the Audio Technica 4060 or 4050,
AKG 414, or for unlimited budgets, a FET or tube Neumann U47.

Place the microphone 6 to 10 inches from the best-sounding speaker cone in the
cabinet. Experiment with the mic placement relative to the cone. The closer the capsule
is to the center of the speaker cone, the more bright the sound will be, while moving it
to face the outer edges of the cone will make for a warmer, darker sound.

A DI is a box that converts the line output of the bass, which is a high imped-
ance signal into the low impedance signal that your Pro Tools interface likes to see (or
hear). Like mic pres, all DIs are not created equal and will have a large impact on the
sound you get. Popular DIs on the market are the Sans Amp, Countryman, and Yamaha.
It is important to note here that many amplifiers have extensive tone controls and a
built-in line-ready output. This can be a good way of getting a direct signal too.

Going for the Lead Vocal

Think about your favorite songs. Put yourself in that time and place. What is it you
remember the most? That special voice, the incredible harmony, and the chorus you
can’t get out of your head? Robert Plant at the end of “Stairway to Heaven”? Vocals
are a main part of the story in modern music, but tracking a good-sounding vocal is
and always has been a challenge.

It’s common to use a large-diaphragm condenser mic with a cardioid pattern to
track most vocals when the dynamic range is not excessive. This can get a great sound
but you can overload the mic if the singer is really pushing it.

Take the mic and find the spot in the room with the least amount of sonic debris
(listen). Place the singer’s mouth about an open hand’s length away from the mic, about
8 to 12 inches, and position the mic above the mouth slightly. This is a good starting
point for something with some dynamics in it. Not full on screaming, but good old
rock and roll. If you want to get a more intimate breathy sound, position the mic about
3 to 6 inches away from the singer’s mouth and about an inch or two above the mouth
to keep out unwanted pops and such. The cardioid mic suffers from the proximity effect,
so be sure to utilize this to the fullest.
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Let’s say you have some LOUD vocals to record. Time for plan B. You can back
off the mic to about 1 to 3 feet away from the singer’s mouth and about 8 to 10 inches
above the mouth. Or you can go with plan C, which is the trusty SM57 or Sennheiser 421.
These mics will deal with your problem. It’s a different tone to be sure, but who says it’s
not a good one? Remember to get close to the microphone and watch where you point
it because it is very directional.

Now the preamp comes into play. Preamps are cool. Use a tube preamp on the
front end of a digital system to give your sound that analog color. Use a solid-state pre-
amp for more clarity and detail (see the sidebar “Preamplifiers”). A good preamp by
itself will not save a bad recording, but it will make a good recording sound better. It is
a vital part of the recording chain. Monitor these levels carefully and don’t overload
the signal. The preamp feeds the compressor.

Depending on who’s singing or rapping, you can bring in some compression to
the chain. A little compression on the way in goes a long way, but often it is necessary.
A good starting point is a 2:1 ratio on your compressor. This means for every db going
in above the threshold, there is 1/2 db coming out. A ratio up to 5:1 is typical for vocals,
and a ratio above 10:1 becomes noticeable as an effect. The higher ratios act as lim-
iters. Less is more is the rule of thumb. If you overcompress as you record, you can’t
fix it later; besides, the cool compressors in Pro Tools are half of the fun! The compres-
sor feeds Pro Tools.

When audio comes into a Pro Tools system, you need to control the level from
the devices in your mic chain. Be sure to monitor all of your devices and watch for
overloads. If you overload your mic chain anywhere, the distortion will pass through
everything after that. Think of these things when you record:

• Mic choice

• Placement

• Preamp

• Compression

• EQ

• Levels

Other Vocal-Recording Considerations

Every recording technique involves some background knowledge in order to fully uti-
lize the concepts. Here is a handful of things to consider when planning your vocal
recordings.
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Preamplifiers

Why is a preamp necessary? Microphones are analog devices. When you record with them into the
digital world that is Pro Tools, you take this analog information and convert it into a digital signal.
One of the things your Pro Tools hardware interface does is this analog-to-digital (or A-to-D) con-
version. The analog information microphones provide comes in the form of electrical AC current (see
the sidebar “Condenser, Dynamic, and Ribbon, Oh My…”). When this current comes down the cable
of the microphone, its signal isn’t optimized for the converter. In essence, it is too low. This is where
the mic pre comes in: The preamp amplifies the signal to the optimum level for the A-to-D converter.
To make a long story short, the mic pre comes between the microphone and the Pro Tools A-to-D
converter, and we use the gain control on the mic pre to set the level coming in to Pro Tools.

Are all preamps created equal? No. If you’ve snooped around the audio marketplace at all, you will
be aware of hundreds of different preamps out there, all shapes and sizes, all different colors and
flavors. Remember, unless it is built into the interface, like on the 002 or Mbox, higher-end Pro
Tools systems require an external preamp. Of course, this doesn’t mean that you have to use the
built-in preamps, either.

So what makes them better or worse? For starters, different types of preamps actually sound dif-
ferent. In addition, some preamps may actually work better or worse with different microphones.
Many engineers are constantly on the hunt for that elusive “match made in heaven”—the perfect
combination of mic and preamp.

So what makes them different? For one, you get what you pay for. The price is going to have every-
thing to do with the quality and ultimately the sound of the preamp. Generally, the more expensive
preamps are made to more consistent specifications and with higher-quality components. Within
these guidelines, however, there are differences, the two main ones being tube or solid state.

Tube preamps are often held in a mythical light because they were all that was available in the
“golden age” of recording. Certainly there is something to that classic tube preamp sound. This is
due mainly to the fact that when tubes respond to fast transient information, they tend to “round
off” the edges of sudden sharp sounds, like drums and other percussive sounds. In addition, the
“color” of the tube preamp that many describe as “saturated” or “warm” is actually due to the tube
circuit’s natural distortion. Many modern manufacturers are putting tubes back in their products
to emulate this classic sound. One of the more famous examples of a vintage tube preamp is Bill
Putnam’s 610, while a popular modern tube preamp is the Avalon VT-737SP.

Solid state preamps can react much more quickly to transient information and ultimately can be
more objective in their sound. A vintage example of a solid state preamp is the API 512, while a
popular modern one found in studios is the Focusrite Red series preamp.
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The Mic

Well, this is a loaded topic. Who do you infuriate first? Just kidding, but really people
do have strong opinions about microphones. Every microphone has its day, but where
and when it does is the question. Since we are talking about recording vocals, we will
start with condenser microphones.

Condenser microphones are the most common microphones used to track lead
vocals in a studio setting. On stage, you would use a less sensitive dynamic mic, but in
the studio where everything can be controlled, fragile microphones can be treated like
royalty. Condenser microphones offer more detail and clarity than dynamic microphones,
so when you want to record the most accurate vocal performance, a condenser is a
good choice.

The ribbon microphone is highly sought after for broadcast and vocal work. It
has a classic sound that recorded a generation of artists. Although vintage ribbons are
expensive, rare, and delicate, there is a growing trend to manufacture ribbon micro-
phones again. A number of companies are putting out a quality product.

While it’s not the party line, we like using dynamic microphones to track vocals if
we need a unique sound or something sounding a little vintage. These mics can take a real
load before they break up, so think screamer! All it takes is one punk experience to teach
you about protecting your condenser and ribbon diaphragms from Sid “wannabe” Vicious.

The Room

Before we talk gear, we need to talk room. Try to treat the room with some nonreflec-
tive material, and at the very least, deaden the area behind the singer a bit. Try not to
be too close to a wall and not in the center of the room because of the standing waves.
Off of the middle a bit is a good start. Always remember to be interactive with the
microphone. Move it around and listen to what the room sounds like. Test, probe, and
question at all times!

The Mood

The last thought on vocal recording would be the environment. As a producer, it is very
important to do what it takes to put your artist in a position to succeed. You need to
be part baby–sitter, part therapist, part mind reader, and part bad cop to get the job
done. Candles, incense, insults, jokes—you do it all to set the mood.

Overdubbing and Punching without Fear

One of the most difficult and dangerous (yet exhilarating) aspects of analog recording
was the old punch-in. Punch out too soon and you don’t get the entire take. Punch out
too late and, oh boy, you’ve got problems. Maybe you just erased part of the only good
vocal take your singer had in him. Worse than that, maybe you just ruined a client’s
track and now the free studio time starts. No undo! We have all done this, but it still
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out a singing verse that need to be replaced, you can let the track play and grab
those three spots without having to stop and locate each one separately.

• During QuickPunch, Pro Tools is secretly recording the whole time when the
track is playing back, regardless of when you manually punch in and out. This
means that if you missed the in or out point, you can trim the handles of the
regions and have access to all of the performance—a real lifesaver!

Loop Record Techniques

If you’re the type of Pro Tools user that wears multiple hats in the studio (engineer,
musician, producer), you’ll find the Loop Record feature very useful. Sometimes when
recording yourself, it is easy to get frustrated with having to simultaneously start and
stop recording, reset the playback cursor, and set up for an additional take. With Pro
Tools’s Loop Record, you can set up a loop record selection that will record again and
again without having to stop after each take. Loop Record is also especially useful for
helping musicians, voice-over talent, and foley artists nail difficult passages by repeat-
ing them over and over without any downtime. As if that wasn’t cool enough, after
loop recording, you can make a composite of all of these different performances that
may have never been possible to achieve in one take. Because Pro Tools keeps accurate
track of all the subsequent takes, it is easy to audition and recall each take and edit
them together.

Making a Selection

On the record-enabled target track, make a selection for the appropriate amount of
time. This could be the length of a verse, or in the case of Figure 1.22, it is an eight-bar
guitar solo. It is important here to make a selection a bit longer than the passage because
any pre-roll setting will be active only on the first pass. To make sure the performer
knows where they are relative to the song, it is sometimes necessary to include some
extra space before the first note of the intended recording start time. In this example,
the selection ended up being 10 bars total to give 2 bars pre-roll at the beginning of
each looped take.

N o t e : Use QuickPunch mode when you are doing an ordinary selection-based punch-in with a pre-roll

and post-roll enabled.This way, if your performer or voice-over talent jumps the gun or holds out a note longer

than your punch-in selection, you will have access to the material that would have been chopped off in a nor-

mal selection-based punch.
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