
Individual waves

Envelope

Figure 1.8 Envelope of a human voice.

Ohyeah  that s grea   t. Than           kyou.

Figure 1.9 Individual words and their envelopes.

Figure 1.10 Clarinet envelope.
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burst as the player’s lips start vibrating from built-up air pressure. (This sudden burst 
is characteristic of many brass instruments, and is often called the brass blip by people 
who design synthesizers.)

In Chapter 16, you’ll see how devices like a compressor can manipulate the enve-
lope to make a sound stronger—or to completely change its character.

When Envelopes and Frequencies Overlap
The time scale in the previous screenshots is calibrated in seconds. If you look closely 
at Figure 1.11, you can see that the “blip” takes about .03 second (roughly the length 
of one video frame). But we’ve already learned that frequencies higher than 20  Hz or 
0.05 second per wave are audible. So is the blip part of the envelope or a sound by 
itself?

In this case it’s part of the envelope because the repeating wave is a lot faster: 
0.0038 second (261  Hz), corresponding to C4 on the piano. But the issue becomes 
important when you’re dealing with predominantly low-frequency sounds, including 
many male voices, because the equipment can’t differentiate between envelopes and 
waves unless you adjust it carefully. We’ll address this more in the chapter on 
processing.

SLOW CHANGES OF PRESSURE ARE LOUDNESS

You can play that trumpet note through a clock radio at low volume, or blast it out of 
a giant stadium sound system, and it’ll still sound like a trumpet. The overall range of 
sound levels we can hear is amazing. A jet plane landing is about ten trillion times more 
powerful than the quietest sound doctors use to test your ears.

Our brains can handle such a wide range of pressure because they deal with 
volume changes as ratios, rather than absolute amounts. We’re constantly adjusting 

Figure 1.11 Trumpet envelope.
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what we think is loud or soft, based on what came before. A sound that would be 
absolutely jarring in a quiet setting is practically ignored in a noisy one. (A crying baby 
is a major distraction in a public library—but put that baby in a noisy factory and you 
won’t hear it at all.) The standard way to think about loudness ratios is to use decibels. 
Here’s how they work.

 Warning

• The following dozen paragraphs contain some math. It’s simple math, but it’s 
numbers nonetheless.

• If you’re totally lost after reading it a couple of times, just skip down to the box 
labeled “Bottom Line.”

The Need for a Reference
Since our brains hear loudness as ratios, we can’t describe how loud a sound is unless 
we relate it to some other sound. Scientists have agreed on a standardized reference 
sound, nominally the softest thing an average healthy person can hear. It’s often called 
the threshold of hearing. A quiet living room may have a sound pressure level about a 
thousand times the standard. The level at a busy city street is about fi ve million times 
the standard.

So far, pretty simple. But adjusting a sound’s volume, the most basic operation 
in audio, means multiplying its pressures by a specifi c ratio. Since the original volume 
was measured as a ratio to the threshold of hearing, the new volume is the product of 
both ratios combined. You start with the ratio between the original sound and the 
standard, and then multiply it by another ratio that represents the volume change. 
These ratios are usually fairly complex (rather than something easy, like the ratio of 
3 : 1) so the math can get messy.

The Logarithm

 “Help! I don’t know a thing about logarithms!”

• Just remember two rules:
• Any logarithm is a ratio expressed as a single number. The ratio “three to one” is 

the log “0.477.” (Nobody remembers all the logarithms; you look them up in tables 
or use a calculator or computer.)

• If you have to multiply two ratios, you can just add their logs instead. If you have to 
divide two ratios, just subtract their logs. Complex problems involving multiple 
ratios become simple matters of addition or subtraction.
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Here’s an example of how logarithms save you time: A voice-over announcer, 
standing one foot away, will generate sound pressures that are about 350,000 times the 
threshold of hearing. (It might look like a big number, but not when you consider some 
of the ratios in the previous paragraphs.) Suppose we have to make that voice twice 
as loud. Loudness is infl uenced by a lot of subjective factors, but if we’re considering 
just sound pressure, we’d want to multiply it by two.

Sound pressure is the product of two factors: power and the area it occupies. To 
give something twice as much pressure we either have to double both factors, or double 
just the power twice.

So we have to multiply the ratio of the announcer’s voice to the threshold of 
hearing, times two, and then times two again. On a piece of paper it would look like

 

ratio original
volume

 of one to  volume
 change

350 000
2
2

, ( )
× ( )
× ppressure change

equals one to

( )
1 400 000, ,

You may be able to do that math in your head, but it’s still a lot of zeroes to deal 
with. And we chose some very round numbers for our example. Announcers can speak 
loudly or softly, and volume knobs are continuously variable. Real-world audio’s 
numbers are never that convenient.

However, if we express that 1 : 350,000 ratio as a logarithm, it’s the much simpler 
5.8. And the 2 : 1 volume ratio becomes log 0.3.1 That makes the job a lot easier:

 

5 8
0 3
0 3

6 4

. log

. log

.
.

of original volume
of

( )
+ ( )
+ ( )

“two times”
"

It means: if we turn up an amplifi er so this voice is mathematically twice as loud 
as it was before, the result is log 6.4 times as loud as the threshold of hearing. For short, 
we could call it “just about log 6.” Hold that in your head for a moment.

The Decibel
The engineering term for the logarithm of any two acoustic or electric power levels is 
the Bel, named for the fellow who invented telephones. A decibel is actually 1/10th of 
a Bel, which is why it’s abbreviated dB. We use a tenth of a Bel because it multiplies 
the log by 10, making it easier to think about (trust me, that’s how logs work). So the 
announcer’s voice at one foot had a sound pressure level with a ratio of 58  dB to the 
standard reference, commonly written as 58  dB SPL (sound pressure level).

The neat thing about logs and decibels is not just that they make the math easier. 
They also refl ect how we hear. Think of two babies in the public library, in perfect sync, 

1 I’ve rounded both those logs to the nearest tenth. They’re actually a few thousandths off. But my versions 
are close enough for any practical audio purpose.
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instead of just one. Then think of two jet planes the same way. We’d hear both increases 
as “twice as loud,” even though the second jet added a lot more sound pressure than 
the second baby.

The Speed of Sound Makes a Big Difference
Sound pressure travels through the air, as one molecule bumps the one next to it. This 
takes time: roughly a thousandth of a second to go one foot. (In non-rough numbers, 
1087 feet/second at 32°F, speeding up as things get warmer and when air pressure is 
lower.)

A thousandth of a second doesn’t seem like much when you’re producing a 
movie. But it adds up: When an object is 30 feet away, its sound takes about one frame 
to reach us. This can be critical if you’re shooting distant events with a long lens and 
a camera-mounted mic, because the visual distance to the image won’t match the 
timing to its sound. This is made worse by moviemaking conventions: We expect to 
hear an effect exactly in sync with the action, no matter how far away it’s supposed to 
be. An explosion a hundred feet away, placed realistically, will strike most viewers as 
three frames late. Science-fi ction adventure fi lms carry this to extremes: You can blow 
up a planet thousands of miles away and hear it explode instantly  .  .  .  through the 
vacuum of space.

Loss of sync because of distance also affects how we hear in a giant theater. A 
sound effect that’s perfectly in sync for the front row can be two or three frames late, 
by the time it gets to the rear of the hall. There’s nothing fi lm producers can do about 
this, though projectionists in extremely large halls sometimes add mechanical delays 
so things aren’t too far out of sync for the back rows.

Echoes and Colorations
The speed of sound also determines how we (or our microphones) hear sounds in 
enclosed spaces. Vibrating air molecules can’t relieve their pressure by moving the wall 
or ceiling, so they bounce off these hard surfaces and spring back in the opposite direc-
tion. The refl ected waves mix with the original ones.

If we hear the refl ection later than about a tenth of a second after the original 
sound, it’s perceived as an echo. In some cases, the sound keeps bouncing between 
surfaces in the room: many echoes, randomly spaced, are heard as reverberation. If the 
sound can travel a distance between bounces, and the space has lots of different sur-
faces to bounce off, the reverb sounds richer. But almost any enclosed space, not just 
cathedrals and courtrooms, has some form of echoes. You might not hear them as 
reverberation, but they can add realism to a scene. They can also interfere with intelli-

 Bottom line

• The software and equipment you use to manipulate sounds works in terms of 
voltage, representing pressure. So to double an electrical volume, we turn its knob 
up 6  dB.
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gibility, and are one of the main causes of amateur-sounding tracks. We’ll devote a lot 
of pages to their cause and cures in later chapters.

ECHOES IN SMALL ROOMS

We’re usually not aware of how sound bounces in small spaces like offi ces or editing 
rooms because the refl ections arrive very quickly. But they can cause major problems 
if you want to record or critically listen in the room, because of how they combine with 
the original sound.

Think of the compression–rarefaction cycle of a sound like the phases of the moon. 
A moon goes through continuous cycles from dark to bright and back, just as a sound 
wave cycles between pressure and partial vacuum. In fact, the word phase refers to the 
timing of any repeating phenomenon: the moon, sound waves, or even rotating engine 
parts.

Now, if we had two moons in 
our sky and each was in its full phase 
at the same time, we’d have a very 
bright night. But if one moon was 
new while the other was full and the 
phases didn’t match it wouldn’t be as 
bright.

When two sound waves are in 
the same phase, they add together the 
same way. Figure 1.12A shows how 
this works with our familiar pressure-
over-time graph. Where both waves 
are providing positive pressure, we 
have twice as much pressure; where 
both are in their vacuum phase, we 
have twice as much vacuum.

But Figure 1.12B shows what happens if one of the sounds is later in its cycle. Where 
the top sound has pressure, the bottom one is almost at its strongest vacuum and absorbs 
the pressure. Where the bottom one is pushing, the top one is pulling. The two forces 
cancel each other, leaving very little sound. Since both sounds are at the same frequency, 
this cancellation continues for each wave.

This is more than just an academic exercise. These cancellations happen all the 
time in the real world. In Figure 1.13, our listener hears both a direct sound from 
the tuning fork and a refl ected one from a nearby wall. Unfortunately, since the 
refl ected path is a different length than the direct one, the refl ection takes longer to 
arrive and is at a different phase when it gets to the listener. The refl ected sound is 
compressing while the direct sound is in rarefaction. The two paths cancel each other’s 
sound.

If you moved the listener’s head in the drawing, the relationship between direct 
and refl ected sound would be different. At some positions the waves reinforce; at 
others, they’ll cancel.

Figure 1.12 Sounds add differently depending on 
their phase.
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If you want to actually hear this hap-
pening, grab a hard-surfaced object like a 
clipboard or a notebook. Then play track 3 
of the CD: a steady high-frequency tone 
(7.5  kHz) recorded on one channel only. Set 
it so the sound comes out of one speaker at 
a moderately low volume, and get three or 
four feet away from the speaker in almost 
any room. Move your head a foot or so in 
either direction, and you’ll hear the sound 
get louder and softer. Or hold your head 
steady with the refl ecting object facing your 
ear and about a foot away, and then move 
the object. You’ll hear the sound change 
volume as you do.

This works best when you’re in a 
normal room with hard walls and surfaces 
like a desk that can refl ect sound. If you’re 
outdoors or in a very large space with no 
nearby walls, or in a room with acoustic 
padding on the walls, you might not hear the 
effect at all. (That’s why sound studio walls 
are padded. It has nothing to do with our 
sanity as sound engineers.)

The situation gets worse when you 
start dealing with complex sounds. Different 
frequencies will be at different phases, 
depending on how far they’ve traveled. So 
when the direct path’s sound mixes with its 
refl ection, some frequencies will cancel, but 

others will reinforce. In Figure 1.14, a loudspeaker generating two tones replaces the 
tuning fork.

Over the direct path, the high frequency (closely spaced waves) and the low fre-
quency (waves are farther apart) both happen to be compressing when they reach the 
listener. When the refl ected low frequency reaches the listener, it also happens to be 
compressing: the two paths reinforce each other. But when the refl ected high frequency 
reaches the listener, it’s in rarefaction. It cancels the direct path. As far as the listener 
in Figure 1.14 is concerned, the sound has a lot less treble.

Track 4 of the CD demonstrates this, with a 400-Hz low frequency added to the 
7.5-kHz high one. Play it like you did track 3, get at least four feet from the speaker, 
and start moving your head around. Unless you’re in a room with very few refl ections, 
at some positions you’ll hear the high frequency predominate. At others, the lower 
frequency will seem louder.

Real-world sounds have a lot more frequencies, and real rooms have lots of 
refl ecting paths. Full and partial cancellations occur at random places throughout the 
spectrum. So what you hear at any given point in the room depends a lot on the size 

Figure 1.14 Different frequency sounds 
get canceled differently by their echoes.
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different phase from the original sound.
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and shape of the room. (Ever notice how the inside of a small car sounds “boxy” when 
you talk? That’s why.)

We get used to rooms very quickly (as soon as you’re into a conversation with a 
passenger, you forget how boxy the car sounds). That’s because we use our eyes and 
ears together to correlate the sound of a room with its shape.

But if we put a microphone in one room, and then listen to the playback some-
where else, the cancellations become more obvious. And if the characters are moving 
around as they talk, the cancellations are constantly changing—just as they did when 
you moved around the room while listening to track 4. The result is a distracting hol-
lowness or boxiness.

 Bad Filmmaking 101

• There it is, in a nutshell: The way sound moves in an enclosed space is the reason 
many amateur soundtracks sound so bad. Not the microphones used, the recording 
techniques, or the editor’s skill (though, those all have some effect). It’s mostly just 
that somebody was ignoring the physics of sound.

The Inverse-Square Law
Fortunately, physics can be on our side. As sound spreads out from a source, the pres-
sure waves have to cover a larger area. But the total amount of power hasn’t changed, 
so the pressure at any one point is less. Light works the same way: As a spotlight 
projects its beam farther and farther, the size 
of the beam increases but its brightness 
diminishes.

In fact, under ideal conditions (a non-
directional sound source and an echo-free 
listening environment) the intensity of a 
sound diminishes with the square of the dis-
tance. This is called the inverse-square law. 
Figure 1.15 puts it in graphic terms.

Since decibels compare the loudness 
of two sounds, and they use logarithms to 
make things like squares easier to compute, 
the inverse-square law can be very simply 
stated:

Figure 1.15 As you get farther away, the 
pressure gets less intense.

Each time you double the distance from a sound source, its sound pressure becomes 6  dB 
less.

Chapter 1  • How Sound Works • 17

Ch001-K80970.indd   17Ch001-K80970.indd   17 1/31/2008   12:05:51 PM1/31/2008   12:05:51 PM



If a microphone hears an instrument as 58  dB SPL at one foot, it’ll hear it as 52  dB 
SPL at two feet, or 46  dB SPL at four feet.

The inverse-square law applies to ideal conditions, with a nondirectional sound 
source and no hard surfaces to stop sound from spreading. Most sources are directional 
at some frequencies, and anywhere you shoot is going to have hard surfaces. But the 
law still holds up fairly well in the real world:

 Make the Inverse Square Law Your Friend

Try to place a microphone at least three times closer to the sound source than it is to 
any source of interference.

If you want to listen to a playback in a less-than-perfect editing room, try to be at 
least three times closer to the speakers than to any refl ecting walls.

“Soundproofi ng”
The wedge-shaped foam panels, special tiles, or tuned cavities you see in recording 
studios aren’t there to stop sound from entering or leaving the room. They’re to reduce 
refl ections by absorbing sound energy and turning it into mechanical motion. Sound 
studios also frequently have rigid curved or sculpted panels along one wall, to diffuse 
the refl ections so cancellations don’t build up at a particular frequency.

18 • Producing Great Sound for Film and Video

If you can get closer to a sound source and farther from interfering sounds or refl ective 
surfaces, you’ll record it better.

If we take our bad-sounding setup in Figure 1.14, but increase the distance to the 
wall, the inverse-square law reduces the amount of cancellation. Figure 1.16 shows how 
this works.

The fi rst rule explains 
why camera-mounted micro-
phones rarely do a good 
job of rejecting interference 
or echoes. The camera is 
usually too far away from 
the sound source.

The second rule is 
the principle behind the 
“nearfi eld” speakers that 
sit on the console of just 
about every recording 
studio in the world.Figure 1.16 When we get farther from a refl ecting surface, 

there’s much less cancellation.
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Later in this book, we’ll discuss specifi c ways to use absorption and diffusion for 
better sound when you’re shooting, recording voice-overs, and mixing.

We’ll also discuss the use (and limitations) of portable sound barriers and how 
to take advantage of existing building features to block sound. But true soundproof-
ing—stopping outside noises from getting into a room, or keeping a loud mixing 
session from disturbing the neighbors—requires special construction techniques and 
belongs in a different book. You’ll fi nd some explanations in my book Audio Post-Pro-
duction, in the section on building a new studio or editing room. (Details about this and 
other information about practical acoustics are at my Web site, www.dplay.com.)

• For the practical fi lmmaker, the best soundproofi ng is understanding.
• Know how to avoid situations where refl ected or incidental sounds will interfere 

with what you’re trying to do.

VERY SLOW CHANGES OF PRESSURE ARE WEATHER

Barometric pressure—the stuff reported in the evening weather forecast—is exactly the 
same kind of molecular pressure as sound, only it’s much larger and it changes over 
hours and days instead of seconds and milliseconds. I include it here for the sake of 
completeness, to suggest there’s a cosmic continuum that links all things, and because 
after this chapter you might want some comic relief.
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