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CHAPTER 1

Transmission

TRANSMISSION GOALS
p0060 Transmission is the conveyance of a waveform from one place to another. Transmission

quality is judged by how faithfully the arriving signal tracks the original waveform. We

capture the original acoustic or electronic waveform, with the intent of eventually

reconstituting it into an acoustic waveform for delivery to our ears. The odds are against
us. In fact there is absolutely zero probability of success. The best we can hope for is to

minimize the distortion of the waveform, i.e., damage control. This is the primary goal of

all efforts described in this book. This may sound dispiriting, but it is best to begin with a
realistic assessment of the possibilities. Our ultimate goal is one that can be approached,

but never reached. There will be large numbers of decisions ahead, and they will hinge

primarily on which direction provides the least damage to the waveform. There are
precious few avenues that will provide none, and often the decision will be a very fine

line.

p0070 Our main study of the transmission path will look at three modes of transmission: line
level electronic, speaker level electronic, and acoustic. If any link in the transmission chain

fails, our mission fails. By far the most vulnerable link in the chain is the final acoustical

journey from the speaker to the listener. This path is fraught with powerful adversaries in
the form of copies of our original signal (namely reflections and arrivals from the other

speakers in our system), which will distort our waveform unless they are exact copies and

exactly in time. We will begin with a discussion of the properties of transmission that are
common to all parts of the signal path (Fig. 1.1).

AUDIO TRANSMISSION DEFINED
p0080 An audio signal undergoes constant change, with the motion of molecules and electrons

transferring energy away from a vibrating source. When the audio signal stops changing, it

ceases to exist as audio. As audio signals propagate outwards, the molecules and electrons

are displaced forward and back but never actually go anywhere, always returning to their
point of origin. The parameter that describes the extent of the change is the amplitude,

f0010 FIGURE 1.1
Transmission flow from the signal source to the listener.

transmission n. trans-
mitting or being trans-
mitted; broadcast
program
transmit v.t. 1. pass on,
hand on, transfer, com-
municate. 2. allow to
pass through, be a
medium for, serve to
communicate (heat,
light, sound, electricity,
emotion, signal, news)

Concise Oxford
Dictionary
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also referred to as magnitude. A single round trip from origin and back is a cycle. The

round trip takes time. That length of time is the period and is given in seconds, or for
practical reasons in milliseconds (ms). The reciprocal of the period is frequency, the

number of cycles completed per second, given in hertz (Hz). The round trip is continuous

with no designated beginning or end. The trip can begin anywhere on the cycle and is
completed upon our return to the same position. The radial nature of the round trip

requires us to find a means of expressing our location around the circle. This parameter is

termed the phase of the signal. The values are expressed in degrees, ranging from 01
(point of origin) to 3601 (a complete round trip). The half-cycle point in the phase

journey, 1801, will be of particular interest to us as we move forward.

p0090All transmission requires a medium, i.e., the entity through which the audio signal passes

from point to point, made of molecules or electrons. In our case, the primary media are
wire (electronic) and air (acoustic), but there are interim media as well such as magnetic

and mechanical. The process of transferring the audio energy between media is known as

transduction. The physical distance required to complete a cycle in a particular medium is
the wavelength and is expressed in some form of length, typically meters or feet. The size

of the wavelength for a given frequency is proportional to the transmission speed of our

medium.

p0100The physical nature of the waveform’s amplitude component is medium-dependent. In

our acoustical case, the medium is air and the vibrations are expressed as a change in

pressure. The half of the cycle with higher than the ambient pressure is termed
pressurization, while the low-pressure side is termed rarefaction. A loudspeaker’s forward

motion into the air creates pressurization and its rearward movement creates rarefaction.

p0110The movements of speaker cones do not push air across the room in the manner of a fan.

If a room is hot, it is unlikely that loud music will cool things down. Instead air is moved
forward and then it is pulled back to its original position. The transmission passes through

the medium, which is an important distinction. Multiple transmissions can pass through

the medium simultaneously even from different directions.

p0120Electrical pressure change is expressed as positive and negative voltage. This movement is

also termed alternating current (AC) since it fluctuates above and below the ambient

voltage. A voltage that maintains a constant value over time is termed direct current (DC).

p0130Our design and optimization strategies require a thorough understanding of the
relationships between frequency, period, and wavelength.

Time and frequency

p0140Let’s start with a simple tone, a sine wave, and the relationship of frequency (F) and

period (T):

T ¼ 1=F andF ¼ 1=T

where T is the time period of a single cycle in seconds and F is the number of cycles per sec-
ond (Hz).

p0150To illustrate this point, we will use a convenient frequency and delay for clarity: 1000Hz
(or 1 kHz) and 1/1000th of a second (or 1ms).

p0160If we know the frequency, we can solve for time. If we know time, we can solve for

frequency. Therefore

F ¼ 1=T 1000Hz31=1000s
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1000Hz30:001 s

1000Hz31ms

T ¼ 1=F 0:001 s31=1000Hz

1ms31=1000Hz

p0170 For the most of this text, we abbreviate the time period to the term “time” to connote the
cycle duration of a particular frequency (Fig. 1.2).

p0180 Frequency is the best-known parameter since it is closely related to the musical term

“pitch.” Most audio engineers relate first in musical terms since few of us got into this
business because of a lifelong fascination with acoustical physics. We must go beyond

frequency/pitch, however, since our job is to “tune” the sound system, not tune the

musical instruments. Optimization strategies require an ever-present three-way link
between frequency, period, and wavelength. The frequency 1 kHz exists only with its

reciprocal sister 1ms. This is not medium-dependent, nor temperature-dependent, nor

waiting upon a standards committee ruling. This is one of audio’s few undisputed
absolutes. If the audio is traveling in a wire, those two parameters will be largely sufficient

for our discussions. Once in the air, we will need to add the third dimension: wavelength.

A 1 kHz signal only exists in air as a wavelength about as long as the distance from our
elbow to our fist. All behaviors at 1 kHz are governed by the physical reality of the signal’s

time period and its wavelength. The first rule of optimization is to never consider an

acoustical signal without consideration of all the three parameters.

Wavelength

p0190 Wavelength is proportional to the medium’s unique transmission speed. A given frequency
will have a different wavelength in its electronic form (over 500,000� larger) than its

f0020 FIGURE 1.2
Amplitude vs. time converted to amplitude vs. frequency.
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acoustic version. If the medium is changed, its transmission speed and all the wavelengths

change with it.

p0200The wavelength formula is

L ¼ c=F

where L is the wavelength in meters, c is the transmission speed of the medium, and F is
the frequency (Hz).

p0210Transmission speed through air is among the slowest.
Water is a far superior medium in terms of speed and

high-frequency (HF) response; however, the hazards of

electrocution and drowning make this an unpopular
sound reinforcement medium (synchronized

swimming aside). We will stick with air.

p0220The formulas for the speed of sound in air are as

shown in Table 1.1 AU :1.

p0230For example, at 221C:

C ¼ ð331:4þ 0:607� 22Þm=s

c ¼ 344:75m=s

p0240Now that we can solve for the transmission speed, we

can determine the wavelength for a given frequency/
time period AU :2.

p0250The audible frequency range given in most books is

20Hz to 20 kHz. Few loudspeakers are able to

reproduce the 20Hz or 20 kHz extremes at a power
level sufficient to play a significant role. It is more

useful to limit the discussion to those frequencies we

are likely to encounter in the wild: 31Hz (the low B
note on a five-string bass) up to 18 kHz. The

wavelengths within this band fall into a size range of

between the width of a finger and a standard
intermodal shipping container. The largest wavelengths

are about 600 times larger than the smallest

(Fig. 1.3–1.5).

t0010
Table 1.1

Imperial/American Plain
language measurement

Metric measurement

Speed of sound in air at 01 1052 ft/s 331.4m/s

1 Adjustment for 1 (1.1 3T) 1 (0.607 3T)

ambient air temperature Temperature T in 1F Temperature T in 1C

= Speed of sound at ambient
air temperature

= c feet/second = c meters/second

f0030FIGURE 1.3
Chart of frequency, period and wavelength (at room temperature) for standard
1/3rd octave frequencies.
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p0260 Why it is that we should be concerned about

wavelength? After all, there are no acoustical
analyzers that show this on their display. There are

no signal-processing devices that depend on this for

adjustment. In practice, there are some applications
where we can be blissfully ignorant of wavelength,

for example: when we use a single loudspeaker in a

reflection-free environment. For all other
applications, wavelength is not simply relevant: it is

decisive. Wavelength is the critical parameter in

acoustic summation. The combination of signals at a
given frequency is governed by the number of

wavelengths that separate them. There is a lot at

stake here, as evidenced by the fact that Chapter 2 is
dedicated exclusively to this subject: summation.

Combinations of wavelengths can range from

maximum addition to maximum cancellation. Since
we are planning on doing lots of combining, we had

best become conscious of wavelength.

TEMPERATURE EFFECTS

p0270 As we saw previously, the speed of sound in air is

slightly temperature-dependent. As the ambient
temperature rises, sound speed increases and

therefore the wavelengths expand. This behavior may

slightly affect the response of our systems over the
duration of a performance, since the temperature is

subject to change even in the most controlled

environments. However, although it is often given
substantial attention, this is rarely a major factor in

the big picture. A poorly designed system is not

likely to find itself rescued by weather changes. Nor
is it practical to provide ongoing environmental

analysis over the widespread areas of an audience to

compensate for drafts in the room. For our
discussion, unless otherwise specified, we will

consider the speed of sound to be fixed

approximately at room temperature.

p0280 The relationship between temperature and sound

speed can be approximated as follows: A 1% change

in the speed of sound occurs with either a 51C or
101F change in temperature.

Waveform

p0290 There is no limit to the complexity of the audio signal. Waves at multiple frequencies may
be simultaneously combined to make a new and unique signal that is the mixture of the

contributing signals. This composite signal is the waveform, containing an unlimited

combination of audio frequencies with variable amplitude and phase relationships. The
waveform’s complex shape depends upon the components that make it up and varies

constantly as they do. A key parameter is how the frequency content of the contributing

signals affects the combined waveform (Fig. 1.6–1.8). When signals at different frequencies

(a)

(b)

f0040 FIGURE 1.4
Handy reference for short wavelengths.
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are added, the combined waveform will carry the shape

of both components independently. The higher
frequency is added to the shape of the lower-frequency

waveform. The phase of the individual frequencies will

affect the overall shape but the different frequencies
maintain their separate identities. These signals can be

separated later by a filter (as in your ear) and heard as

separate sounds. When two signals of the same
frequency are combined, a new and unique signal is

created that cannot be filtered apart. In this case, the

phase relationship has a decisive effect upon the nature
of the combined waveform.

p0300Analog waveform types include electronic, magnetic,

mechanical, optical, and acoustical. Digital audio signals

are typically electronic, magnetic, or optical, but the
mechanics of the digital data transfer are not critical

here. It could be punch cards as long as we can move

them fast enough to read the data. Each medium tracks
the waveform in different forms of energy, suitable for

the particulars of that transmission mode, complete

with its own vulnerabilities and limitations. Digital
audio is most easily understood when viewed as a

mathematical rendering of the waveform. For these
discussions, this is no different from analog, which in

any of its resident energy forms can be quantified

mathematically.

p0310The audio signal can be visualized in three different forms as shown in Fig. 1.9. A single
cycle is broken into four quadrants of 901each. This motion form illustrates the movement

of the signal from a point of rest to maximum amplitude in both directions and finally

returning to the origin. This is representative of the particle motion in air when energized
by a sound source such as a speaker. It also helps illustrate the point that the motion is

back and forth rather than going outward from the speaker. A speaker should not be

f0050FIGURE 1.5
Chart of speed of sound, period, and wavelength at different temperatures.

f0060FIGURE 1.6
Reference chart of some of the common terms used to describe and quantify an audio waveform.
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f0070 FIGURE 1.7
Combination of waveforms of the same frequency at the same level with different phase relationships: (a) 01 relative phase combines 16 dB amplitude, (b) 901 rela-
tive phase combines to 13 dB amplitude, (c) 120Âº relative phase combines to 10 dB, (d) 1801 relative phase cancels.

f0080 FIGURE 1.8
Combination of waveforms of different frequencies with different levels and phase relationships. (a) Second frequency is 5� higher and 12 dB down in level
from the first. Phase relationship is 01. Note that both frequencies can be seen in the combined waveform. (b) Same as (a) but with relative phase relationship
at 1801. Note that there is no cancellation in the combined waveform. The orientation of the HF trace has moved but the LF orientation is unchanged. (c)
Combined waveform of (a) with third frequency added. The third frequency is 25� the lowest frequency and 18 dB down in level. The phase relationship is
matched for all frequencies. Note that all three frequencies can be distinguished in the waveform.
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confused with a blower. The maximum displacement is found at the 901 and 2701 points
in the cycle. As the amplitude increases, the displacement from the equilibrium point

becomes larger. As the frequency rises, the time elapsed to complete the cycle decreases.

p0320The radial form represents the signal as spinning in a circle. The waveform origin point
corresponds to the starting point phase value, which could be any point on the circle. A

cycle is completed when we have returned to the phase value of the point of origin. This

representation shows the role that phase will play. The difference in relative positions on
this radial chart of any two sound sources will determine how the systems will react when

combined.

p0330The sinusoidal waveform representation is the most familiar to audio engineers and can

be seen on any oscilloscope. The amplitude value is tracked over time and traces the
waveform in the order in which the signal passes through. This is representative of the

motion over time of transducers and changing electrical values of voltage over time.

Analog-to-digital (A/D) converters capture this waveform and create a mathematical
valuation of the amplitude vs. time waveform.

TRANSMISSION QUANTIFIED
Decibels

p0360Transmission amplitudes, also known as levels, are most commonly expressed in decibels

(dB), a unit that describes a ratio between two measures. The decibel is a logarithmic
scaling system used to describe ratios with a very large range of values. Using the decibel

has the added benefit of closely matching our perception of sound levels, which is

generally logarithmic. There are various dB scales that apply to transmission. Because
decibels are based on ratios, they are always a relative scale. The question is: relative to

what? In some cases, we compare to a fixed standard. Because audio is in constant

change, it is also useful to have a purely relative scale that compares two unknown
signals. An example of the latter type is the ratio of output to input level. This ratio, the

gain of the device, can be quantified even though a drive signal such as music is

constantly changing. If the same voltage appears at the output and input, the ratio is 1,
also known as unity gain, or 0 dB. If the voltage at the output is greater, the gain value is

exceeds 1, and expressed in dB is positive. If the input is greater the gain ratio is less than

1 and expressed in dB is a negative number, signifying a net loss. The actual value at the

f0090FIGURE 1.9
Three representations of the audio waveform.

Perspectives: I have tried
to bring logic, reasoning,
and physics to my audio
problem applications.
What I have found is
that, when the cause of
an event is attributed to
“magic,” what this really
means is that we do not
have all the data neces-
sary to understand the
problem, or we do not
have an understanding
of the forces involved in
producing the observed
phenomena.

Dave Revel
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