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SECTION 1:  What is sound? 
 

Put simply, sound is the disturbance of molecules in a vibration-conducting medium by a vibrating object.  
In air, wave crests are formed by compression of molecules and wave troughs follow due to the relaxation 
of the compressed molecules and then into rarefactions due to the suction of the vibrating object.  This 
diagram of a tuning fork with its schematic air molecules represents how this might look if a slice of air near 
the fork were rendered visible.  The Greek letter λ (lambda), is used to denote wave length, which is the 
distance between two sequential waves, measured from the same point on both (e.g., crests, troughs).  
Waves are described as having phases, which are like rotation, and are thus given numeration in degrees.  
One complete cycle would typically start at a point, say for example, at the normal (atmospheric) pressure 
as shown here, and proceed up in pressure, back down through normal pressure (zero disturbance), continue 
through a pressure minimum (wave trough), back up to zero and so on. 

 
MATERIAL SPEED OF SOUND   
GASSES (m/s) (ft/s) 

Carbon dioxide 258 846 
Carbon monoxide 337 1,106 

Air 344 1,130 
Hydrogen 1,269 4,163 
LIQUIDS (m/s) (ft/s) 
Benzene 1,166 3,825 
Alcohol 1,213 3,980 

Turpentine 1,376 4,514 
Water 1,435 4,708 

SOLIDS (m/s) (ft/s) 
Brass 3,500 11,483 

Wood (oak) 3,850 12,631 
Nickel 4,973 16,316 

Aluminum 5,104 16,745 
Steel 5,130 16,831 
Glass 5,500 18,045 

Diamond 14,000 45,932 

CALCULATING SOUND VELOCITY AND WAVELENGTH 
The sound velocity in air depends on the constituents of the air, the temperature, and the pressure as the 
main considerations.  For scientific measurements, the absolute velocity value commonly used is 331.4 m/s 
(1087.4 feet per second), at a temperature of 0°C, with zero moisture content at a pressure of one 
atmosphere at sea level.  For sound measurements the value used is ≈ 344 m/s (1130 ft./s), at a temperature 
of 20° C.  The speed of sound for any given temperature is calculated by the equation: 
 

V Vabs t
=

+273
16 52.

           Where  t = temperature in degrees C. 
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The wavelength of a given frequency sound wave is found by dividing the velocity of sound in the medium 
being studied, by the frequency in hertz. 
 
Keep in mind that the speed of sound is not the same in all media, For example: 
 

Material Sound Velocity Sound Velocity 

CO2 258 m/s 846 ft/s 

air 344 m/s 1130 ft/s 

Helium 1,265 m/s 4,150 ft/s 

 
So taking 1,000 Hz in air, we have 344 divided by 1,000 = 0.344 m or 1.13 ft.  
 
Frequency meters feet 

10 Hz 34.4 m 113 

100 Hz 3.44 m 11.3 

1000 Hz .344 m 1.13 

10,000 Hz 0.0344 m  0.113  (1.4 inches) 

 
 
 
 

 
 
 

Time diagram of a weight on a spring, showing how the shape of a sine wave would be 
described by a pen attached to the weight if a paper strip were dragged by the pen at a 
constant speed.  Such a diagram describes motion as a function of time.  All simple 
mechanical systems such as this one are called “stable” systems, and are made to 
oscillate by a disturbance. 
 
“Disturbances” are excitations which push or pull the mass in a stable system away from 
its normal position.  Examples of such disturbances in action: 
 
Rolling ball in a round bowl      
Bobbing weight on a spring      
Waving weight on the free end of a clamped rod 
Swinging pendulum  
Vibrating tuning fork  
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Obviously, objects such as these depend on energy from a push, a shove or a tweak, which has been stored in 
their spring, and when they are let loose the vibration or movement will slowly die away or “decay.”  All 
oscillating stable systems will exhibit the same decay characteristics when their driving excitation is removed. 

 
 
 
 
 
 
 

 
This graph describes system decay over time.  The amplitude of the sine wave falls to half the original value in a 
given period of time, and then to successive halves in amplitude over successive equal time periods. 

 

 
 
Two basic types of sounds have been described so far.  The first, characterized by the continuous sine wave 
might be a sound like an organ pipe.  Its sound starts when a key on the manual is pressed.  It has a 
relatively constant volume and it stops when the key is let up.  The second sound, characterized by the 
damped sine wave above, might be a tuning fork or a piano.  The sound has an attack with attendant 
maximum amplitude, followed through time by decreasing amplitude as vibrational energy is lost.   The 
sound decays away at a constant rate, which is the same percentage of energy for each equal period of time. 
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RESONANCE 
Resonance is the characteristic sympathetic sound that results when an object vibrates from stimulus applied 
to it, which is at or near its resonant frequency.  This resonant frequency is sometimes referred to as a tuned 
frequency, since musical instruments and electrical circuits can be tuned, physically or electrically, to 
resonate at a particular frequency.  The most common experience most people can associate with resonance 
is the sound of singing in the shower.  Closed showers support the voice and make it sound richer.  Much of 
this support is reverberation, but in every shower enclosure, there is at least one very strong note which can 
be excited if the singer hits the note exactly on pitch.   
 
Resonance is also characteristically shy.  It requires precision pitch accuracy to obtain the loud ringing 
sound of the shower's tuned frequency.  In most physical systems, resonance exists to some extent, however, 
it may be hidden—swamped by damping or losses in the system.  An example of swamped resonance is a 
bell sitting on a surface.  When the bell is lifted from the surface, its damping is removed and it is free to 
resonate at its tuned frequency when it is struck.  One tuning fork can be excited into resonance by another 
of the same frequency.  Pendulums tuned to the same frequency will cause interaction in the same way.  The 
following diagrams show this sympathetic resonance and the sensitivity of the resonance to tuning 
frequency. 
 
 
 
 

                     
 
Pendulum E alone is set into motion by the push of a hand.  The other pendulums will slowly begin moving in response to the 
energy imparted to pendulum E.  The curve diagram on the right shows the relative sensitivity of the other pendulums to the 
particular frequency of pendulum E. 

 
Air can be made to resonate.  Air contained inside a chamber, tube or other volume exhibits a certain 
amount of mass as well as its inherent compressibility or springiness.  Anyone who has ever blown air over 
the neck of a bottle to obtain a whistle knows about this phenomenon. 

 
Exciting the resonance of air in a bottle. 
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SECTION 2:  Sound in Rooms and Sound Outdoors 
 

Sound, like light, is basically radiation.  When sources of light or sound produce output, their radiation, 
travels in the straightest possible path outward from the source.  This is true when the radiation's waves are 
much bigger than the source that produced them, but less so when the waves become smaller and approach 
the size of the source itself, as we shall see later in the section on loudspeakers.   
 
As radiation travels, it expands outward, filling ever-larger volumes of space, or, as in the case of sound, 
moving an ever-larger amount of air.  If we imagine a point source of sound, suspended high in the air, then 
the sound pressure will follow what is called the Inverse Square Law, just as all radiation does.  The 
following diagram shows the relationship between sound level and distance from the source. 

 
As distance from a source doubles, the radiation must cover four times the surface area of the 
inside of an imaginary sphere (radiation of this type is often referred to as spherical radiation).  
Therefore, when the distance doubles, the amount of energy available to a point on the surface of 
the imaginary sphere is only a quarter of the energy at half the distance.  This relationship is 
described numerically in several ways in Section 4 on the decibel. 

 

As an aid to using the inverse square proportion for quantifying sound in everyday use, you may want to use 
the factor 3.162 (the square root of ten) or its reciprocal 0.3162, as your distance multiplier.  The sound 
level rises 10 decibels for each 0.3162 multiplication of distance, and drops 10 dB for each 3.162 
multiplication of distance from the source.  It may be easier—and is certainly more useful to remember that 
a change of about a third or three times the distance is twice as loud or half as loud. 
 
 
SOUND IN ROOMS 
When sound strikes a rigid, massive boundary, it is reflected.  The reflection generally has a reflected angle 
complimentary to the angle of incidence to the surface.  That is to say, if a sound hits a concrete floor at a 
45-degree angle, it will be reflected up at a 45-degree angle in the opposite direction. 
 
When sound strikes a soft, non-rigid boundary, it is absorbed to the extent that the material comprising the 
boundary can change the incident sound energy into heat.  Fiberglass is good at converting sound to heat, 
thin drywall is not.  When sound strikes a boundary which is less than totally absorptive, some of the sound 
will be transmitted through the boundary.  If the material of the boundary is more like the common building 
materials used in homes and offices, some sound, and most importantly, some frequency portion of the 
sound, will be absorbed, some will be reflected and some will be transmitted.  The diagram on the next page 
refers to this, and to the angles normal to the process. 
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The angle of reflection is not always complementary to the angle of 
incidence, as this diagram suggests.  Some materials can flex under the 
influence of sound waves and thus can skew the angle of reflection by 
slowing down the speed of sound in the material.  This can complicate the 
prediction or analysis of room reflections, but in general, it is a minor 
effect. 

 
 
 

 
The reflection rays depicted above all arrive at the listener (arrows) later than the direct sound.  The amount of time 
required varies linearly as the distance.  Ray R1 takes 4.5 milliseconds longer than the direct path, R2; 9 ms, R3; 4 
ms, R4; 3.5 ms and R5 6.5 ms.  Since all of these reflections fall well within 30 milliseconds, they are deemed to be 
“early” reflections, and typically do not impact speech intelligibility adversely. 
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DIFFRACTION OF SOUND 
The diagram below shows how sound waves which are larger than an aperture through which they pass, 
form circular spreading waves after passing.  If the gap here were a door, then the waves would form a 
cylindrical pattern of expansion.  In the case of a 30-inch door, waves from frequencies below about 200 Hz 
would spread this way, while waves from higher frequencies would tend progressively to beam through the 
door.  
 

 
Where waves are smaller than the opening, there is virtually no aperture effect on 
the spreading waves, but where the waves are larger than the opening as seen 
here, spherical spreading occurs. 

 
 
 
 

 
A high-frequency horn placed at source position S and aimed at the door would 
tend to project its small sound waves through with little disturbance and no 
change to the wave propagation pattern.  If the horn confined its pattern to the 
door opening only, the gap might make no difference to the spreading pattern, 
except for shadowing as seen here. 
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In the case of obstacles in the path of passing sound waves, the same basic principles 
apply.  If the obstacle is small with respect to the wavelength, then the sound will pass, 
wrapping itself around the obstacle with little or no disturbance, depending on the relative 
size of the waves and the obstacle.  If the obstacle is a large portion of the wavelength or 
multiples of the wavelength, then shadowing will occur.   

 

 
Here we see substantial shadowing caused by the obstacle in the path of the 
sound waves.  This effect might be noticed by an listener sitting behind a large 
post or where a musician's amplifier is aimed through legs, stage equipment or 
other such obstacles, and might take the form of a perceived loss of high 
frequencies by the listener. 

 

 
Additionally, obstacles reflect sound, and the reflection too, depends on the size of 
the obstacle in relation to the wavelengths. 
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THE COMB FILTER EFFECT 
 
Any pair or group of sound waves leaving multiple sources simultaneously, will interfere in such a way that 
the audience area being covered by those sources will have a non-uniform amplitude as a function of 
listener position. 
 
The wave fronts’ crests and troughs add in amplitude when in phase, and cancel or reduce amplitude when 
out of phase.  For simplicity in our example, let’s regard sound sources as points radiating spherical waves.  
The direction (vector) of  propagation for maximum amplitude from two sources is shown by vector A, 
which is on-axis for the center line perpendicular to a plane from which radiate our two sources.  As you 
can see, at any point along the line represented by vector A, the sound waves are in phase, and the net result 
to a listener along that line will be a smooth frequency response. 
 
If the listener now moves to a point along vector B, they will experience an acoustic null or low amplitude 
point because the sound waves from the two sources are out of phase at that point.  Looking at figure 11c, 
we see that crossing the sound field around the arc described by the sound waves will result in perceiving a 
series of peaks and dips in the amplitude of the sound.  Plotting the amplitude as a function of position on a 
linear graph would produce a comb shaped curve with many “fingers.” 

 
 
 
 

A 

B 
^ 

sources 
 
 

Figure 10a
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A 

B 
Intersecting waves from two sources spaced ½-wave length apart 

Figure 11a 
 
 

A 

B 
Intersecting waves from two sources spaced one wave length apart 

Figure 11b 
 
 

A 

B 
Intersecting waves from two sources spaced two wave lengths apart 

Figure 11c 
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ABSORBING SOUND EFFICIENTLY 
 
Certain materials and shapes lend themselves to efficient absorption of sound.  At 2,000 Hz, the frequency 
at which sound waves are about 6¾-inches long, various materials absorb between 1% and 99% of sound as 
this table shows.  Absorption Coefficient numbers are fractions of unity, with 1.0 representing absorption 
equivalent to a hole in the wall through which sound exits and does not return, and 0.0 representing total 
reflection of sound. 

 

ACOUSTIC TILE, e", most mountings .70 
AUDIENCE, occupied seating area .80 
BALCONY, opening, deep, w/plush seats .5 - 1.00 
BRICK WALL, painted .02 
BRICK WALL, unpainted .05 
CARPET, rubber on concrete .03 
CARPET, Astroturf on concrete .20 
CARPET, thin pile on concrete .27 
CARPET, thin pile w/pad on concrete .50 
CARPET, heavy, on concrete .60 
CARPET, heavy, w/pad on concrete .71 
CONCRETE, poured or terrazzo .02 
CONCRETE FLOOR w/linoleum .03 
CONCRETE BLOCK, painted .09 
CONCRETE BLOCK, coarse (porous) .39 
COTTON, 14 oz., draped to f its area .37 
COTTON, 14 oz., draped to j its area .66 
DRAPE, 18 oz. velour, draped f its area .45 
DRAPE, 18 oz. velour, draped j its area .70 
FIBERGLASS, mat faced, 1" thick .94 
FIBERGLASS, wedges, 12" deep, tip-to-base 1.00 
GLASS, plate, large panes .02 
GLASS, ordinary window .07 
GRAVEL SOIL, loose and moist, 4" .75 
GRAVEL SOIL, loose and moist, 12" .80 
GYPSUM sheet rock, j" on 2x4’s @ 16" .07 
INTERIOR STUCCO, smooth, on tile .04 
MARBLE, polished .01 
OZITE, .39 lb./square foot .47 
PINE FLOORING .09 
PLASTER, on hollow tile .04 
PLASTER, smooth, on wire lath & studs .04 
PLASTER, rough, on wire lath & studs .06 
PLYWOOD, c" on 2x4 studs .08 
PLYWOOD, d" paneling .10 
SAND, dry, 4" depth .55 
SAND, dry, 12" depth .60 

STAGE, open, depending on furnishings .25 -.75 
SONEX, 4", unpainted .99 
TECTUM, 1" panels hung under plenum .50 
TECTUM, 1" panels on 1" furring strips .60 
THEATER SEATS, plush, on hard floor .80 
VENETIAN BLINDS, set at 45º at 5" .13 
WATER, as on still swimming pool surface .02 
WOOD, hardwood plain or parquet floor .06 
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NOTES: 
1.  The absorption coefficient number is a measure of efficiency; higher numbers mean a material is a better 

absorber than materials with lower numbers.  A value of 1.0 represents complete absorption and a value of zero 
represents complete reflection. 

 
2.  The absorption coefficients listed in this table are results of tests conducted only at 2,000 hertz.  The sound 

absorbing efficiency of many materials depends heavily on the frequency and wave length of the sound striking 
them.  For example, thick polished marble exhibits about the same absorption and reflection characteristics at all 
frequencies, while fiberglass mat is highly absorptive to higher frequency sound and sound arriving 
perpendicular to its surface but less absorptive to low frequency sound, and actually more reflective to high 
frequency sound glancing its surface at shallow angles than it is to incident sound from steeper angles. 

 
Fiberglass, because of its tiny fibers, converts sound to heat as it changes the motion of air molecules into the 
mechanical rubbing of its fibers.  Other materials are less efficient as their ability to convert sound energy to heat is 
smaller than fiberglass.   
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Shapes like the wedges pictured below also produce absorption when they trap sound energy 
because of the angle of reflection of the waves across the surface of the wedge. 
 

 
 

 
In general, the rule of thumb for determining how low in frequency the sound energy will be 
absorbed is that the wedge depth from tip to base should be greater than half of the wavelength 
to be absorbed.  Absorption may fall, for example, from 98% where the wedge is the size of a 
wavelength, down to only 95% when the wedge is one-quarter wavelength in size.  It becomes 
clear that enormous wedges would be required to completely absorb sound at 30 Hz, where the 
wavelength is 38 feet.  The absorption process is aided by the mutual losses produced by the 
volume of the chamber itself and the air space behind the wedges, and with careful design, 
anechoic chambers or even recording studios can be designed to produce greater losses than 
those  predicted on the basis of wedge depth alone. 
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SECTION 3:  Microphones 
 
There are five general microphone transducer types which have been used since the early 
development of electrical sound pickup.  They are, Dynamic, Crystal, Condenser (capacitor), 
Ribbon and Carbon. 
 

 
 DYNAMIC CAPSULE                     CRYSTAL CAPSULE                         CONDENSER CAPSULE 

 
 

 

      
                       RIBBON  CAPSULE                                                        CARBON CAPSULE 
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This familiar microphone is a dynamic type, using a small coil of wire attached to a thin 
diaphragm, which is suspended in a magnetic field.  Around the microphone capsule under the 
wind screen, is a cavity with openings which selectively allow sound from the side of the 
microphone to enter and combine destructively (out of phase polarity) with sound entering from 
the front of the microphone.  The destructive interference set up causes the microphone's 
sensitivity to sound entering from the side to be reduced, without affecting its sensitivity to 
sound entering from the front.  This general characteristic forms the microphone's “pickup 
pattern” or sensitivity-vs-direction pattern, which in this case is called “cardioid” after the heart-
shaped pattern it resembles when measured and graphed. 

 
The pattern shows sensitivity, in dB, as a function of the angle of the 
microphone.  These graphs are made with the on-axis (aimed at the front) 
position—the most sensitive position—“normalized” so that the highest 
reading taken during the measurement rotation of the microphone is “0 dB” 
and the sensitivity over the rest of the circle can then be referred to the 
highest sensitivity as a loss. 

 

 
Microphone pickup patterns are varied by designers by the addition of some 
“plumbing” around the capsule.  There are only two basic capsule configurations—
the dipole or bipolar (e.g. ribbon) type and everything else—upon which microphone 
package designs are based. 
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A basic microphone capsule of the dynamic or condenser type (the two most common) has an 
omnidirectional characteristic like the diagram below. 

 
 
It becomes a cardioid when plumbing is added to absorb, cancel or add destructively, sound 
entering the capsule from an angle other than the front.  The exception is the ribbon capsule.  
Ribbons are known as “velocity” microphones, because they respond to the velocity of air 
molecules rather than pressure in the air.  The normal pickup pattern of an unaided velocity 
capsule makes it ideal for picking up sound from the front and rejecting sound from the sides.  
The diagram below is the recorded pickup pattern of the RCA 77DX multi-pattern microphone, 
switched to its normal (bi-directional) pattern.  The peculiar butterfly-like graph of sensitivity-
vs-angle is the reason this type of microphone is usually referred to as having a “figure-eight” 
pattern. 
 
 
 
 

 
 
 

Microphones produce very little electrical output, and must be amplified up to as much as a 
million times or even more, to produce usable volume levels from loudspeakers. (Refer to the 
section on decibels).  A typical dynamic microphone like the ball-mike shown earlier produces 
an output voltage of only about 1.6 mV (0.00158 volt) when it “hears” sound at about the 
volume of a normal face-to-face shouting match (about 94 dB SPL). 
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MICROPHONE SELF-NOISE 
The quietest microphones are dynamic types, but a dynamic microphone connected to a mic 
preamp still generates its own noise, called Johnson noise, simply because it exhibits resistance; 
the amount varies with the resistance value, the bandwidth being measured, and the absolute 
temperature.  For a 200 ohm mic it is theoretically -129.7 dBu.  Johnson noise is fixed by one of 
the fundamental constants of physics (Boltzman's Constant) and constantly intrudes into the 
design of low-noise circuitry. 
 
Condenser mics, despite being more expensive, have a higher self-noise due to the need for 
internal amplification.  Evaluating this is tricky because condensers are usually more sensitive, 
and also because the custom is to quote the self-noise in dB SPL (above the hearing threshold) 
rather than in dBu.  However, knowing that the threshold is defined as pressure (20 micro 
pascals), and given the mic sensitivity in mV/Pa (millivolts per pascal), the actual output voltage 
can be calculated.  For example, five expensive condenser mics reviewed in Studio Sound (June 
1987) yield calculated results between -112 and -116 dBu, which will be well above most 
console preamp noise in most cases, however, since the sensitivity is higher than for dynamic 
mics, the resulting signal-to-noise ratio is not necessarily worse. 
 
Simplifying the discussion of mic preamps, the most meaningful measure for mic preamp quality 
is Equivalent Input Noise (EIN), as this allows for varying input gains in its calculation.  To 
obtain the EIN figure, the stage gain is subtracted from the noise at the output, to give the noise 
level that would have to be applied at the input if the amplifier was completely perfect and 
noiseless.  Thus a stage with a gain of 60 dB and a noise output of -50 dBu would have an EIN 
of -110 dB, while if its gain was 30 dB and the noise output -80 dBu, the EIN would still be the 
same. 
 
The self-noise of a connected dynamic mic (or more often in measurements, a resistor of the 
same value) represents an absolute limit on how quiet an input can be, and it can be subtracted 
from the EIN that the preamp yields in a practical situation, to show how much is due to the 
amplifier.  This remainder is called the Noise Figure, and while it is not used much in audio 
specifications it is a powerful descriptor of how closely a piece of electronics approaches 
perfection. 
 
Reading manufacturer's specifications for mic input noise gives the impression that all mic 
preamps are somewhat equal.  All but the cheapest consoles use discrete/IC input stages that 
yield an EIN of between -124 and -128 dBu, depending on the insight of the designer.  A 200-
ohm mic is generating -129.7 dBu of Johnson noise all by itself, and so it seems clear that we are 
up against the limit.  The most current designs are producing EIN numbers in the range of -130 
dBu and more for 150-ohm microphones. 
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SECTION 4: The Decibel 
 
In the late 19th century Alexander Graham Bell set about quantifying the sound level, power and 
voltage needed to run what he hoped would be vast networks of telephone lines in the most 
efficient way.  In tests conducted with many untrained subjects, Bell and his staff determined 
that “twice as loud” equated perfectly with ten times the amount of power—a logarithmic 
relationship.  Further, they found that increments of one-tenth of the “twice as-loud” power 
factor were the smallest that humans could detect for normal speech signals.  The term “Bel” was 
coined to denote the “twice-as-loud” factor, and the tenth of a Bel or “deci-Bel” was then used to 
denote the smaller just audible changes in power level.  The quantity, 10 dB, thus becomes the 
increase or decrease in power necessary to cause an apparent twice as loud or half as loud 
change in sound level to human listeners.  “Zero-decibels”  is not a number,  rather, it signifies 
NO CHANGE.  It is a “ratio” or relationship between two quantities.  Any number of any 
quantity may be used as a reference, and another number of the same quantity may then be 
compared to the reference; for example, we can state that “a l00-watt amplifier has 10 dB more 
power than a l0-watt amplifier,” and use either 100 watts or 10 watts as our reference against 
which we compare the other number of watts. 
 
There are two different cases when using decibels; the first case involves calculating voltage, 
current or units, and the second involves calculating power (watts) or SPL (Sound Pressure 
Level).  The reason for the difference lies within the Ohm's Law relationships between volts, 
amps and watts. 
 
To determine volts, we need only multiply amps by ohms, but to determine watts, we must 
SQUARE volts and divide by ohms. It is the square function in the watts equation that 
necessitates using twenty times the logarithm of the difference in two voltages while only 
ten times the logarithm of the difference in two wattages is needed. 
 

Decibels units
units

measurement

reference
=10

10
log  for power or sound pressure level. 

 

Decibels units
units

measurement

reference
= 20

10
log  for volts, amps or pressure units. 

 
CALCULATOR OPERATING SEQUENCE FOR DECIBEL CONVERSION 
To calculate decibels (dB) from voltage you must first know your voltage reference (the voltage 
you are comparing your reading to) since dB's are a comparison.  Fortunately there are only two 
common 0 dB references used in audio practice; 0.7746 volt, and 1 volt. Here are the equations 
used for these two references: 
 
Note: 10× = antilog 

0.7746 Vreference 
 

V = .7746 [10x(dBu/20)] 

1 Vreference 
 

V = 10x
 (dBV/20) 

 
For example, a specification reads +4 dBu.  To determine what voltage equivalent this 
represents, first divide by 20, then take the antilog, then finally multiply by .7746 to obtain 1.228 
volts.  If the reference given is -10 dBV, then divide by 20 and take the antilog to obtain 0.316 
volt. 
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Calculator key sequence for these two situations: (using +4 dB)  
 
STANDARD CALCULATOR      RPN CALCULATOR 
 
For the .775 volt reference: 

1]  4  —the Input number—  1]  4 

2]  /        2]  enter 

3]  20        3]  20 

4]  =        4]  / 

5]  10x        5]  10x 

6l  x        6]  .6 

7]  (        7]  √ 

8] .6        8]  x  (answer is displayed 1.23 volts) 

9] √     +4 dB referred to .775 volt 

10] ) 

11]  = (answer is displayed 1.23 volts) 

 

   

 

For the I volt reference: 

1]  4  —the Input number—  1]  4 

2]  /        2]  enter 

3]  20        3]  20 

4]  =        4]  / 

5]  10x (answer is displayed 1.58 volts)   5]  10x  (answer is displayed 1.58 volts) 

      +4 dB referred to 1 volt 
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CONDENSED GUIDE TO SI UNITS AND ASSOCIATED TYPOGRAPHICAL STANDARDS 

Copyright © 1992—2006 Drew Daniels 
 
This condensed guide to SI units and their standard usage is provided for the benefit of 
those who use units of measure.  This document is intended as a reference and review 
of the world standard for expressing the terms of quantity we use, to aid consistency, 
simplify communication and reduce jargon.  Widespread disregard for technical literacy 
in labeling, signage, literary and verbal communication standards creates confusion and 
ambiguity, and can be life-threatening in medical, structural and other physical 
circumstances.   
 
The Metric System of units was legalized by the U.S. Congress for trade in the United 
States in the year 1866.  In the intervening five generations of American life, vanishingly 
little to barely sufficient attention has been paid to learning, much less integrating the 
world standard into American life and business, with varying notorious results ranging 
from acquiescence for use in the Olympics, to loss of multi-million dollar spacecraft due 
to bad English-to-metric conversions.  There have also been perhaps hundreds of 
thousands of unnoticed “accidental” military and civilian deaths directly caused by 
America’s provincial chauvinist attitude toward the world standard SI system of units 
widely called “the metric system.” 
 
In 1960 the international “General Conference on Weights and Measures” met in Paris 
and named the Metric System of units (based on the meter, kilogram, second, 
ampere, kelvin and candela) the “International System of Units.”  The Conference also 
established the abbreviation “ SI ” as the official abbreviation, to be used in all 
languages. 
 
The SI units are used to derive units of measurement for all physical quantities and 
phenomena.   
 
There are seven SI “base units,” from which most other units are derived.   
 
These are: 
 

NAME       SYMBOL QUANTITY 
ampere A electric current 

candela cd luminous intensity 

meter m length 

kelvin K thermodynamic temperature 

kilogram kg mass 

mole mol amount of substance 

second s time 
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The derived units with their derivative equations: 

NAME SYMBOL QUANTITY DERIVED BY 
coulomb C quantity of electricity A•s 

farad F capacitance A•s/V 
henry H inductance V•s/A 
hertz Hz frequency s-1 
joule J energy or work N•m 

lumen lm luminous flux cd•sr 
lux lx illuminance lm/m² 

newton N force kg•m/s² 
ohm Ω  (upper case omega) electric resistance V/A 

pascal Pa pressure N/m² 
radian rad plane angle arc length = 

radius 
siemens S conductance Ω-1 
steradian sr solid angle square on the surface of a sphere 

whose sides = arc length=radius 
tesla T magnetic flux density Wb/m² 

voltampere VA apparent power V•A 
volt V potential difference W/A 
watt W power J/s 

weber Wb magnetic flux V•s 
 
 
Supplementary units: 

NAME SYMBOL QUANTITY 
ampere turn At magnetomotive force 

ampere per meter A/m magnetic field strength
candela per square meter cd/m² luminance 

joule per kelvin J/K entropy 
joule per kilogram kelvin J/(kg•K) specific heat capacity 
kilogram per cubic meter kg/m³ mass density (density) 

lumen per watt lm/W luminous efficacy 
lumen second lm/s quantity of light 

meter per second m/s speed, velocity 
meter per second per second m/s² acceleration 

square meter m² area 
cubic meter m³ volume 

square meter per second m²/s kinematic viscosity 
newton-second per square meter N•s/m² dynamic viscosity 

1 per second s- radioactivity 
radian per second rad/s angular velocity 

radian per second per second rad/s² angular acceleration 
volt per meter V/m electric field strength 

watt per meter kelvin W/(m•K) thermal conductivity 
watt per steradian W/sr radiant intensity 

watt per steradian square meter W/(sr•m²) radiance 
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DEFINITIONS OF SI UNITS  
Note: the wording used by the Conference may seem stilted, but it is carefully chosen for 
semantic clarity to make the definitions unambiguous. 

 
The ampere is that constant current which, if 
maintained in two straight parallel conductors of 
infinite length, of negligible circular cross section, 
and placed 1 meter apart in vacuum, would 
produce between these conductors a force equal 
to 2×10-7 newton per meter of length. 
 
The candela is the luminous intensity, in the 
perpendicular direction, of a surface of 1/600,000 
square meter of a blackbody at the temperature 
of freezing platinum under a pressure of 101,325 
newtons per square meter. 
 
The coulomb is the quantity of electricity 
transported in 1 second by the current of 1 
ampere. 
 
The farad is the capacitance of a capacitor 
between the plates of which there appears a 
difference of potential of 1 volt when it is charged 
by a quantity of electricity equal to 1 coulomb. 
 
The henry is the inductance of a closed circuit in 
which an electromotive force of 1 volt is produced 
when the electric current in the circuit varies 
uniformly at a rate of 1 ampere per second. 
 
The joule is the work done when the point of 
application of 1 newton is displaced a distance of 
1 meter in the direction of the force. 
 
The kelvin, the unit of thermodynamic 
temperature, is the fraction 1/273.16 of the 
thermodynamic temperature of the triple point of 
water. 
 
The kilogram is the unit of mass; it is equal to 
the mass of the international prototype of the 
kilogram.  (The international prototype of the 
kilogram is a particular cylinder of platinum-
iridium alloy which is preserved in a vault at 
Sevres, France, by the International Bureau of 
Weights and Measures.) 
 
The lumen is the luminous flux emitted in a solid 
angle of 1 steradian by a uniform point source 
having an intensity of 1 candela.  
 
The meter is the length equal to 1,650,763.73 
wavelengths in vacuum of the radiation 
corresponding to the transition between the 
levels  2p10  and  5d5  of the krypton-86 atom. 

The mole is the amount of substance of a 
system which contains as many elementary 
entities as there are carbon atoms in 12 grams of 
carbon 12.  The elementary entities must be 
specified and may be atoms, molecules, ions, 
electrons, other particles or specified groups of 
such particles. 
 
The newton is that force which gives to a mass 
of 1 kilogram an acceleration of 1 meter per 
second per second. 
 
The ohm is the electric resistance between two 
points of a conductor when a constant difference 
of potential of 1 volt, applied between these two 
points, produces in this conductor a current of 1 
ampere, this conductor not being the source of 
any electromotive force. 
 
The radian is the plane angle between two radii 
of a circle which cut off on the circumference an 
arc equal in length to the radius. 
 
The second is the duration of  9,192,631,770  
periods of the radiation corresponding to the 
transition between the two hyperfine levels of the 
ground state of the cesium-133 atom. 
 
The steradian is the solid angle which, having 
its vertex in the center of a sphere, cuts off an 
area of the surface of the sphere equal to that of 
a square with sides of length equal to the radius 
of the sphere. 
 
The volt is the difference of electric potential 
between two points of a conducting wire carrying 
a constant current of 1 ampere, when the power 
dissipated between these points is equal to 1 
watt. 
 
The watt is the power which gives rise to the 
production of energy at the rate of 1 joule per 
second. 
 
The weber is the magnetic flux which, linking a 
circuit of one turn, produces in it an electromotive 
force of 1 volt as it is reduced to zero at a uniform 
rate in 1 second. 
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SI PREFIXES: The names of multiples and sub-multiples of any SI unit are formed by application of the 
prefixes: 

 

MULTIPLIER PREFIX SYMBOL ×1   is equal to: spoken magnitude 
1024 yotta Y 1 000 000 000 000 000 000 000 000 septillion 
1021 zetta Z 1 000 000 000 000 000 000 000 sextillion 
1018 exa E 1 000 000 000 000 000 000 quintillion 
1015 peta P 1 000 000 000 000 000 quadrillion 
1012 tera T 1 000 000 000 000 trillion 
109 giga G 1 000 000 000 billion 
106 mega M 1 000 000 million 
103 kilo k 1 000 thousand 
102 hecto h 100 hundred 
101 deka da 10 ten 
100 (unity) (none) 1 one 
10-1 deci d .1 tenth 
10-2 centi c .01 hundredth 
10-3 milli m .001 thousandth 
10-6 micro μ .000 001 millionth 
10-9 nano n .000 000 001 billionth 
10-12 pico p .000 000 000 001 trillionth 
10-15 femto f .000 000 000 000 001 quadrillionth 
10-18 atto a .000 000 000 000 000 001 quintillionth 
10-21 zepto z .000 000 000 000 000 000 001 sextillionth 
10-24 yocto y .000 000 000 000 000 000 000 001 septillionth 

 

 

Some examples:   
Ten-thousand grams is written     10 kg 
 

20,000 cycles per second is written    20 kHz 
 
Ten million hertz is written      10 MHz 
 
250 billionths weber per meter of magnetic flux is written  250 nWb/m 
 

30 millionths of a gram is written   30 µg — never use mcg or mcgs.  
(NOTE: the ‘micro’ symbol µ is ASCII 181 in most fonts.  To insert µ in text, press and hold the ALT key while typing 0181. 
 
The term Mcg, is not only an old depricated term, but could be misinterpreted as a million grams 
(1 metric ton).  Used in medicines for an amount that should have been micrograms of chemicals 
in a pill, this represents a mass that would squash the patient. 
 
There is never any need to pluralize unit numerators by adding an ‘s’ (e.g. mcgs), which can be 
easily confused with seconds.  Never mix terms such as msec for milliseconds (ms), and spell out 
terms such as megadollars, but not Mdollars – for obvious reasons. 
 
Always use fewer than 1000 units with SI prefixes; “1000MGS” is advertising hyperbole, as well as 
being both incorrectly spaced and spelled in this example.  1000 milligrams is one gram, and is 
properly written  1 g  only.  One megagram equals one metric ton (2205 pounds).  A long way, in 
any case, from one gram. 
 
SI prefixes and units should be written together and then set off by a single space from their 
numerators.  For example; use the form  35 mm  but not  35mm.   Use  1 kHz  but not  1k Hz.   
Use 47 kΩ  but not  47k Ω.   Use  120 GB  but not  120GB, and so on. 
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Always separate the numerator of a unit from its prefix and/or unit name, but do not separate the 
prefix and name. 
 

In any ambiguous cases, SI units and numerators may be spelled out longhand, e.g., 
“gigabytes” or “nanometers.” 
 
When writing use standard SI formats and be consistent.  Consult National Bureau of Standards 
(now N.I.S.T.) publication 330, (1977) for details on usage. 
 
Never combine SI prefixes directly, that is, write 10-10 farads as  100 pF  but never 0.1 
micro-microfarads (μμF).   
 
The rule for unit names written longhand is that the name is always lower case, but when 
abbreviating, the first letter is upper case if the unit is named after a person and lower case 
if it is not.   
 
Examples:  

V = volt for Allesandro Volta 

F = farad for Michael Faraday 

T = tesla for Nikola Tesla 

and so on.   

m = meter 

s = second 

rad = radian 

l = liter      (no, there was no one named “Liter”) 
 
and so on.   
 
Revolutions per minute should be written as r/min. or rev./min., miles per hour should be written 
as mi./hr., and inches per second should be written as in./s and so on. 
 
Note: the proper name for the non-SI term liter is dm³ (cubic decimeter).  The author believes that 
the liter designation should always be l rather than L as upper case use violates the naming 
convention for abbreviations.  There was no one named Liter, and the use of L could be confused 
with the electrical term commonly used for coils.) 
 
A pamphlet describing SI units, conversions between SI units, older CGS and MKS units and units 
outside the SI system of units is available in the form of NASA Publication SP-7012, (1973).  
Inquire to the U.S. Government Printing Office in Pueblo, Colorado for this and other publications 
about SI units, their use and history, and to the  National Bureau of Standards (now, National 
Institute of Standards and Technology [N.I.S.T.]) for publication 330, (1977) for details on usage. 
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SCIENTIFIC AND ENGINEERING NOTATION  
(NOTE: “E” is a commonly used printed symbol for power of 10 exponent.) 
 

Scientific notation is used to make very big and very small numbers easy to handle.  Engineering notation is 
similar to scientific notation except that it uses thousands exclusively, rather than tens like scientific 
notation.  Engineering notation allows up to three digits in the integer portion (to the left of the decimal)—
scientific, only one. 
 
The number 100  could be written 1×102 (1E2) or 102  in scientific notation, but would be written only as 
100 in engineering notation.  The number 12,000 would be written 1.2×104 (1.2E4) in scientific, and written 
12×103 (12E3) in engineering notation. 
 

Partial listing of possible Scientific and Engineering notation prefixes: 

SCIENTIFIC  ENGINEERING  SCIENTIFIC  ENGINEERING 
10-18 = 1 a  101 = 10 
10-17 = 10 a  102 = 100 
10-16 = 100 a  103 = 1 k 
10-15 = 1 f  104 = 10 k 
10-14 = 10 f  105 = 100 k 
10-13 = 100 f  106 = 1 M 
10-12 = 1 p  107 = 10 M 
10-11 = 10 p  108 = 100 M 
10-10 = 100 p  109 = 1 G 
10-9 = 1 n  1010 = 10 G 
10-8 = 10 n  1011 = 100 G 
10-7 = 100 n  1012 = 1 T 
10-6 = 1 u  1013 = 10 T 
10-5 = 10 u  1014 = 100 T 
10-4 = 100 u  1015 = 1 P 
10-3 = 1 m  1016 = 10 P 
10-2 = 10 m  1017 = 100 P 
10-1 = 100 m  1018 = 1 E 
100 = 1  1019 = 10 E 

    1020 = 100 E 

 
Engineering notation is used by default when we speak because the numerical values of the spoken names 
of SI prefixes run in increments of thousands such as; kilohertz, microfarads, millihenrys and megohms.  
The spoken term “20 kilohertz” is already in engineering notation, and would be written on paper as 20×103 
(20E3) hertz in strict engineering notation and as 2×104 (2E4) in scientific notation if it were not written in 
the more familiar form, 20 kHz.  In either case, scientific or engineering, the rule is: for numbers greater 
than 1, the En part of the figure indicates the number of decimal places to the right that zeros will be added 
to the original number.  For numbers smaller than 1, the E-n part of the figure indicates the number of 
decimal places to the left of the original number that the decimal point itself should be moved.  
(NOTE: The small “n” and “-n” here stand for the digits in the exponent itself.) 
 
 

 
 



27 

OHMS LAW RELATIONSHIPS: 
TO FIND VOLTS (E or V):  
MULTIPLY AMPS BY OHMS      IR 
 

DIVIDE WATTS BY AMPS      

W
I  

 

TAKE THE SQUARE ROOT OF WATTS X OHMS   WR  
 

TO FIND AMPS (I or A):  

DIVIDE VOLTS BY OHMS       

E
R  

 

DIVIDE WATTS BY VOLTS       

W
E  

 

TAKE SQUARE ROOT OF WATTS DIVIDED BY OHMS  
W
R  

 

TO FIND OHMS (R or Ω):  

DIVIDE VOLTS BY AMPS       

E
I  

 

DIVIDE VOLTS SQUARED, BY WATTS     

E
W

2

 

 

DIVIDE WATTS, BY AMPS SQUARED     

W
I 2   

 

TO FIND WATTS (W or P):  

MULTIPLY VOLTS BY AMPS       EI  
 

MULTIPLY AMPS SQUARED, BY OHMS     
2I

R  

DIVIDE VOLTS SQUARED BY OHMS     
2E

R  
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OHM'S LAW RELATIONSHIPS - continued 

 
 
 
 1. Voltage and current are 20Log10  functions. 
 
 2. Power and SPL are 10Log10 functions. 
 
 
Example:  
Assuming a constant load of 10 ohms, 
 

Volts Amps Watts 

1 0.1 0.1 

10 1.0 10 

100 10 1000 

 
 
Example:  
Again assuming a constant load of 10 ohms, 
 

Watts Volts Amps 

1 3.16 0.316 

10 10 1.0 

100 31.6 3.16 

1000 100 10 

 
 
 
Therefore, if 1 watt driving a theoretical loudspeaker whose impedance is constant produces, for 
example, 90 dB SPL, then: 
 

0.001 watt = 60 dB SPL 

0.01 watt = 70 dB SPL 

0.1 watt = 80 dB SPL 

1 watt = 90 dB SPL 

10 watts = 100 dB SPL 

100 watts = 110 dB SPL 
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POWER FORMULÆ 
For theater effects and sound reinforcement work, it is often useful to be able to compare the efficiencies of 
different speaker systems.  Consider these two sensitivity specifications:  
 
Speaker A: 113 dB @ 4 feet on axis @ 50 watts input;  
 
Speaker B: 90 dB @ 1 meter on axis required 2.1 volts RMS. 
 
To compare these two, we have to convert them both to the same units.  Let's convert speaker B to the same 
units as speaker A.  The relevant distance correction formula is the inverse square law: 
 

SPL = 20Log
10
 D1 / D2 

 

where SPL is the change in sound pressure level in dB, D1 and D2 are the two distances from the speaker.  
In our case, D2 is 4 feet, and D1 is 1 meter or 3.28 feet, from which: 
 

SPL = 20Log
10
 3.28 / 4  or  -1.72 dB 

 

The relevant power correction formula is: 
SPL = l0Log

10 P2 / P1
 

 

The power input into speaker B is given by: 
P = V² / R   (in Watts) 

 

where V is the RMS voltage across the speaker terminals, and R is the real part of the speaker impedance.   
 
To find the power input into speaker B, let's now assume that R is 8 ohms. 

P = (2.1² ÷ 8) = 0.55 watts 
substituting the result: 

ΔSPL = l0Log
10

 (50 ÷ 0.55)   or 19.6 dB 
 

The corrected efficiency of speaker B is thus: 
(90 - 1.72 + 19.6) = 108 dB @ 4 feet @ 50 Watts input. 

 

Speaker A is thus more efficient than speaker B by about  5.1 dB.  Putting this in perspective, a doubling of 
amplifier power will increase sound pressure by 3 dB, so speaker B would require an amplifier more than 
twice as powerful as speaker A to produce the same sound pressure level.  In fact, we can find out the exact 
ratio of power required by substituting 5.1 dB for the difference in SPL in the power correction formula and 
solving for: 

2

1
P
P  

 
It turns out to be a substantial 3:1.  A Second Example:  A horn speaker is typically 20-30% efficient 
compared to a woofer unit at 3%. What does this translate into in terms of sound pressure levels? 
Using the equation: 

ΔSPL = l0Log10  (25 ÷ 3)  = 9.2 dB 
 

in auditory terms, this is roughly “twice as loud.”  Incidentally, one common sensitivity rating is that of the 
Electronic Industries Association.  The EIA sensitivity is the output of the speaker at 30 feet on axis with 1 
milliwatt of electrical power input.  Nearly all speaker manufacturers, however, have abandoned this old 
format in favor of the SI-based “1 W @ 1 m” rating scheme. 
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RELATIONSHIPS OF VOLTAGE, CURRENT, POWER, SPL  AND PERCENTAGE 
 
Percent, voltage, or current multiplied by 10  will yield +l0 dB steps. Percent, voltage, or current divided 
by 10  will yield -l0 dB steps. Power (Watts) or SPL converted to Watts, multiplied or divided by 10 will 
yield l0 dB steps. 
 

DECIBELS  PERCENT  V or I  POWER or SPL 

± 0 dB 100 I 100 = 1 

± 10 dB 32 3 101 = 10 

± 20 dB 10 10 102 = 100 

± 30 dB 3 32 103 = 1,000 

± 40 dB 1 100 104 = 10,000 

± 50 dB 0.316 316 105 = 100,000 

± 60 dB 0.1 1000 106 = 1,000,000 

± 70 dB 0.03 3162 107 = 10,000,000 

± 80 dB 0.01 10,000 108 = 100,000,000 

± 90 dB 0.003 31,623 109 = 1,000,000,000 

± 100 dB 0.001 100 k 1010 = 10,000,000,000 

± 110 dB 0.0003 316 k 1011 = 100,000,000,000 

± 120 dB 0.000l 1 M 1012 = 1,000,000,000,000 
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SECTION 5: The VU Meter, Decibels And The Human Ear. 

 
 

AUDIO SIGNAL CREST FACTORS 
Complex audio signals unlike test tones exhibit what is known as a “crest factor” which is the difference in 
the RMS voltage of the signal and the voltage of its transient peaks.  In more common use is “peak to 
average ratio,” expressed in decibels.  Crest factor is converted to decibels using 20 times the base-10 
logarithm.  Thus a 3.16 crest factor is a 10 dB peak to average ratio. 
 

As you might expect, the peak power value of signals of a stationary nature such as singing voice is not 
much greater than their RMS value, while the peaks found in signals such as plucked acoustic guitar, piano 
and other percussion instruments are much greater than the portion of those same signals which might be 
said to “ring out” and decay away.   
 

Some sounds like acoustic piano timpani, tom-toms and cymbals will exhibit peaks over 40 decibels greater 
in power than their long-term decay a 10,000:1 power ratio.  Sounds such as tambourines triangles and even 
the keys on your key chain, may exhibit virtually all peak and very little RMS energy, perhaps as high as a 
60 dB peak/average ratio, or a million to one power ratio! 
 

It's fortunate that signals like those made by triangles and tambourines are mixed into music at very low 
power levels and typically don't require more than a thousandth of a watt to be reproduced over sound 
systems.  Thus a triangle strike whose RMS power level may only reach .001 watt, requires only 1000 watts 
to be faithfully reproduced (assuming the loudspeaker could handle and accurately respond to the 1000 watt 
signal). 
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There is more good news.  Audio equipment, not being perfect and transparent to processes such as sound 
reproduction, introduces dynamic distortion the tendency to deliver an output somewhat less than 
proportional to the input and also truncates high amplitude peaks.  Microphones with internal electronics 
and microphone preamplifiers in recording consoles are notorious for this.  Most humans are more 
accustomed to hearing reproduced sound than they are to hearing original live sound and thus are usually 
willing to accept as normal, up to a 1000:1 power deficit in the reproduced sound, depending on the 
duration of the sound stimulus under consideration. 
 
The ear's tolerance of dynamic discrepancies is program dependent.  It depends on the duration, frequency 
range, spectral content and personal familiarity with particular sounds.  Individuals within a group may be 
more sensitive to dynamic distortions, particularly with sounds with which they are familiar. 
 
POWER QUALIFICATION TESTING 
When loudspeakers are power tested, a specific type of signal is used to simulate the conditions which the 
loudspeaker will see in actual use.  “Professional” loudspeakers such as those in concert PA systems are 
usually over-driven in favor of a trade-off in the cost of repairs vs. the additional truck space and labor 
required to transport and set up a number of loudspeakers sufficient to avoid routine repairs. 
 
The test signal applied to loudspeakers of this type is frequency-band limited pink noise whose crest factor 
is 6 dB, as suggested by the Audio Engineering Society, and adopted by most manufacturers of 
“professional” loudspeakers.  The 6 dB crest factor used for power testing loudspeakers is clearly too great 
to justify the power ratings placed on the loudspeakers by their manufacturers, if you believe the owners and 
repair people of the touring sound system companies.  In fact, loudspeaker power ratings and the power they 
actually receive in use is a complex topic with dozens of elusive variables. 
 
HUMAN PERCEPTION 
Humans, as we have said, are variably sensitive to dynamic distortion as it affects the faithfulness of 
reproduced sound.  While there isn't much we can do about microphones truncating acoustic transients, we 
can guard against power compression in loudspeakers by using large voice coils and magnetic assemblies, 
insisting on efficient loudspeakers and installing these in proper enclosures, and so on.  Additionally, we 
can avoid the use of electronically introduced dynamic distortion by making sure the gain of each electronic 
device in our audio signal chains is optimized for dynamic range as well as signal-to-noise ratio, and most 
importantly, avoiding the use of electronic compressors or limiters. 
 

In order for untrained listeners to perceive no obvious squashing of dynamics, audio reproduction systems should 
be capable of the following peak-to-average ratios for these stimuli: 

SOURCE MATERIAL CREST FACTOR 
ROCK MUSIC 10 dB 
HORNS (legato notes) 10 dB 
REEDS (legato notes) 12 dB 
STRINGS (bowed) 15 dB 
SPEECH 20 dB 
PIANO 30 dB 
POP MUSIC 40 dB 
STRINGS (plucked) 40 dB 
DRUMS 40 dB 
ORCHESTRAL MUSIC 50 dB 
INDIVIDUAL PERCUSSION INSTRUMENTS 60 dB 
GENERAL HIGH-FIDELITY REPRODUCTION 60 dB 

These numbers assume that the sound system offers basically good fidelity in 
all other areas beside dynamic distortions, and that the sound system provides 
frequency bandwidth extending at least one octave (preferably one frequency 
decade) beyond the frequency extremes of the sounds to be reproduced. 
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EQUAL LOUDNESS CURVES 
 
Our ears are not just microphones.  They work in concert with our brains and can not be used as quantitative 
measurement tools.  Anyone who says otherwise is either ignorant or is trying to convince you that they can 
hear things you can not, probably for their own financial gain. 
 
The graph above shows the so-called Robinson-Dadson hearing curves for a large human population.  The 
solid curves are for young normal ears, and the dashed curves are for average 60 year old males.  You notice 
immediately that the curves are not flat.  In fact, you probably wouldn't buy a microphone or a loudspeaker 
that looked like these curves. 
 
It takes over 10,000,000 times more power for the average person to begin to hear a 20 Hz pure tone than it 
does to begin to hear a 4,000 Hz tone, at the low-volume threshold of hearing.  Something to bear in mind 
when considering why bass fiddles are bigger than violins and tubas are bigger than trumpets. 
 
A price must also be paid when we try to obtain low bass from small loudspeakers.  High power will be 
needed to drive transducers which must have low efficiency because of relatively massive moving cone 
assemblies, and high distortion will usually also result if the speaker's designer has not been careful to make 
allowances for the requirements of such systems. 
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APPENDIX: Vented Loudspeaker Enclosure Construction and Operation 
 
NOT JUST A BOX 
Vented, Ported, Reflex or Bass-reflex enclosures are not magic but do require special construction due to 
the large forces that can be developed by drivers installed inside.  This is particularly true of large 
subwoofer enclosures.  It is important for cabinet builders to be aware of construction techniques that are 
peculiar to loudspeaker enclosures in general, in order to build an extremely rigid and secure enclosure that 
will not detract from the potential of the drivers installed in it.  Some background on how vented speaker 
enclosures work will help you understand what construction requirements are unique to this type of cabinet. 
 
Vented loudspeaker enclosures have two primary functions: the separation of vibrations from the front and 
rear of loudspeakers, and the containment of air so that the air can act as a resonating elastic medium inside 
the enclosure.  Vented enclosure operation is analogous to the way a bottle will behave as a whistle.  You 
will notice when blowing air across the top of a bottleneck that a certain pitch is generated in the air 
resonating inside the bottle.  This effect was among the subjects of a scholarly scientific paper published by 
German scientist Hermann Helmholtz in 1859, and has long since come to be known as the “Helmholtz 
frequency” or the “Helmholtz resonator.”  If you add water inside the bottle displacing air, (make the inside 
air volume smaller) the pitch goes up.  If you cut off part of the bottleneck (the duct) the pitch goes up.  If 
you increase the diameter of the bottleneck the pitch goes up.  If you pour out water or make the neck longer 
or decrease the neck's diameter, the pitch goes down.  You can thus tune the bottle (enclosure) higher or 
lower by adjusting the ratio of vent volume and enclosure interior volume.  The particular pitch obtained 
depends on the ratio of the mass of the air in the enclosure and the mass of the air in the much smaller vent.  
 
Imagine a very large bottle, for example, a bottle of several cubic feet.  In such a bottle there is space on the 
wall or on the bottom of the bottle to install a loudspeaker.  Instead of having to blow air across the duct 
(bottleneck) to produce resonance, the resonance can be stimulated by excitation from the loudspeaker 
within.  The duct can also be turned around and pointed inside the bottle and the bottle's outside surfaces 
can be flattened to form a conventional box-shaped loudspeaker enclosure.  You might infer from all this 
that the port of a vented box will emit sound at the tuned frequency, and this is the case.  This, then, is the 
typical nature of a vented loudspeaker enclosure.  In order to maintain a fixed sound output level as 
frequency is lowered, more air must be moved.  For each octave lower in frequency (e.g. 100 Hz down to 50 
Hz or 80 Hz down to 40 Hz), four times as much air volume must move.  Loudspeaker cones, therefore, will 
try to move four times farther for each halving of frequency reproduced at the same amplitude.  A vented 
enclosure will reduce cone motion as the input frequency approaches the tuned frequency, and in fact, if the 
enclosure-driver system is well designed, cone motion will virtually cease at the tuned frequency, and the 
vent will be doing all the work. 
 
As cone motion decreases, excursion-related distortion decreases and the likelihood of over-excursion 
damage to the loudspeaker is reduced. 
 
In a vented box system it is important to avoid air leaks, since the vent produces most of the sound at the 
frequency of resonance (Helmholtz frequency) and the pressure inside the enclosure can be substantial.  Air 
leaks in the enclosure's seams or walls can cause the tuning of the system to shift in frequency, or produce 
whistling noise. 
 
The two primary functions of a loudspeaker enclosure imply, though not obviously so, that the enclosure 
walls should be neutral and not involved in the operation of the system.  The material used for enclosure 
walls should be solid and dense and should be free of voids or warps.  The ideal speaker enclosure would 
have no wall resonances at all, especially not at frequencies that fall within the frequency range of 
loudspeakers mounted in it.  Inch-thick solid lead plate would make an excellent loudspeaker enclosure! 
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Dense material such as void-free “marine-grade,” Finland or Baltic birch type 19 mm (¾-inch) plywood is 
recommended where enclosures will be transported frequently, while high-density fiber or particle board 
(not chip board) can be used for permanently installed use.  Corners must be strong and air tight and should 
not have any air leaks or openings.  Glued joints should be properly filled with glue that will not crack 
under high stress or impact.  If the integrity of the glue seal can't be determined, hot glue or caulking should 
be used to seal all seams.  Bracing made of 2×4's or 75 mm (3-inch) pieces of the birch ply should be 
liberally applied either inside or outside the cabinet, depending on whether the cabinet is to be permanently 
installed or portable.  The braces should be liberally glued and screwed down on edge.  Edge-wise drilled 
and countersunk holes through the braces can be used for #10-2 flat head wood screws to avoid the use of 
more expensive lag bolts.  The glue on the braces accomplishes all the stiffening needed so screws may be 
removed once the glue is dry if there is any doubt about them coming loose from vibration.  If butt-joint 
cabinet edges are used, care should be taken to apply cleats inside the corner edges to pull the edges tight 
with wood screws, assuring air-tight corners and edge joints.  Bracing volume should be taken into account 
if there are a lot of braces, however, for a typical construction using two braces per panel, the installation of 
“R19” fiberglass (the thick attic insulation type) around the interior of the enclosure will offset the volume 
displaced by the braces with virtual volume of its own. 
 
       FREQUENCY (Hz) 

25 50 100 200 400 800 1600 3200 6400 12.8 k 25.6 k 
45' 23' 11' 5.7' 2.8' 17" 8.5" 4.2" 2.1" 1" 0.5" 

       WAVELENGTH 
 
 
SUBWOOFERS AND INTERIOR DIMENSIONS 
Sound waves in the subwoofer's frequency range are very long, typically longer than 3.4 m (1.3 feet).  This 
allows you to use larger enclosure interiors than those you might use to enclose low frequency drivers 
operating at frequencies higher than the subwoofer range, which is generally up to about 100 Hz.  This is a 
fortunate coincidence, since subwoofers will normally require greater internal enclosure volumes than any 
other type of speaker system.  To ensure smooth low frequency response between the crossover frequency 
and the enclosure's tuned frequency, ¼-wavelength increments in interior cabinet dimensions should be the 
dimension size limit; in other words, if you will be using an 80 Hz crossover frequency, let 1.07 m (42 
inches) or about a ¼-wavelength of the 80 Hz sound wave, be the maximum dimension of any single 
loudspeaker compartment within your enclosure.  To determine the wavelength of your chosen crossover 
frequency, simply divide the speed of sound, 344 m or 1130 feet per second, by the frequency.  Don't forget 
to divide the wavelength by 4 to determine the maximum enclosure dimension.  If enclosure volumes 
require larger sizes, then use an interior dividing wall to separate the volume into equal smaller 
compartments.  If your enclosure is that large, you need the extra enclosure stiffening this will provide.  The 
same ¼-wavelength guideline should apply to enclosures housing drivers that work up to higher frequencies 
such as full-range, single driver systems like bass guitar boxes or like simple two-way systems.  Once an 
enclosure has been divided, each compartment should be treated as an individual enclosure in both bracing 
and porting.  For example, a 1133 liter (40 cubic foot) enclosure designed to house four 2245H subwoofer 
drivers should be divided so that two compartments each contain two drivers or four compartments each 
contain one driver.  Each compartment is then braced and vented as if it were a separate 566 liter (20 cubic 
foot) or 283 liter (10 cubic foot) enclosure. 
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ENCLOSURE SHAPES 
In speaker box terms, shape plays a minor role in determining sound characteristics with two noteworthy 
exceptions:  the front baffle shape does affect the diffraction (bending of waves) of sound where the 
wavelengths of radiated sound fall within a certain size range.  Many loudspeaker designers consider 
diffraction effects a second or even third-order phenomenon, not essential in the consideration of enclosure 
design.  Harry F. Olson of the RCA Princeton Laboratories studied the diffraction effects of boxes of 
various external shapes in the early 1950's and discovered that some shapes are better than others.  
 
Cubes, cylinders and rectangular solids are generally detrimental to smooth frequency response from small 
drivers that are baffle-dependent and surfaces that slope away are preferred, for example, shapes A, J and L 
as shown in the following graphic: 
 

 
 
Horns, because of their pattern control abilities, and to some extent large woofers, are less prone to the 
diffraction effects noted by Olson than his small driver was in the RCA experiments.  Diffraction at low 
frequencies is affected by boundaries such as floors or other boxes stacked in arrays, and by baffle size 
itself. 
 
In order to get the largest volume contained within a space bounded by the smallest dimensions, the box 
shape will tend toward a cube, whereas a sphere of the same outside dimensions will contain the smallest 
possible volume.  Where the volume of a cube is Length.Width.Depth, the volume of a sphere is 4/3 π r³ so 
where a cube whose outside edge measures 1 m would have a volume of 1,000 dm³, a sphere of 1 meter 
diameter would contain a volume of only 524 dm³, scarcely over half the volume of the cube. 
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                     LOUDSPEAKER "L" LOSS PADS 
 
     dB          4 ohms              8 ohms              16 ohms 
    loss      R1        R2        R1        R2        R1         R2 
     1         .44   32.8         .87     65.6       1.74    131 
     2         .82   15.5        1.65     30.9       3.29     61.8 
     3        1.17    9.70       2.34     19.4       4.67     38.8 
     4        1.48    6.84       2.95     13.7       5.91     27.4 
     5        1.75    5.14       3.50     10.3       7.00     20.6 
     6        2.00    4.02       3.99     8.04       7.98     16.1 
     7        2.21    3.23       4.43     6.46       8.85     12.9 
     8        2.41    2.65       4.82     5.29       9.63     10.6 
     9        2.58    2.20       5.16     4.40      10.3       8.80 
    10        2.74    1.85       5.47     3.70      10.9       7.40 
    11        2.87    1.57       5.75     3.14      11.5       6.28 
    12        3.00    1.34       5.99     2.68      12.0       5.37 
    13        3.11    1.15       6.21     2.31      12.4       4.62 
    14        3.20    1.00       6.40     1.99      12.8       3.99 
    15        3.29     .87       6.58     1.73      13.2       3.46 
    16        3.37     .75       6.73     1.51      13.5       3.01 
    17        3.44     .66       6.87     1.32      13.7       2.63 
    18        3.50     .58       6.99     1.15      14.0       2.30 
    19        3.55     .51       7.10     1.01      14.2       2.02 
    20        3.60     .44       7.20      .89      14.4       1.78 
 
Loss pads are useful for passive crossover design to adjust the relative output levels of system drivers of 
differing sensitivities, for attenuation of horns in clusters driven by single amplifiers, and so on.   
 
The circuit used to produce attenuation is the same as that produced by conventional rotary type variable L-
pads but offer fixed resistor stability in trade for not being adjustable. 
 
To implement a fixed L-pad attenuator, use the rule of thumb that the two resistors should have a power 
rating (watts) rating equal to the available power divided by the total resistor value and then multiplied by 
the value of each individual resistor, for example, a 6 dB pad for an 8-ohm driver driven by a 100-watt 
source calls for an 8 and a 4 ohm resistor.  The required power rating of each resistor is found by dividing 
100 watts by 12 (the total ohms of both resistors), and then multiplying the resulting number (8.33) by 8 
(66.7) and then by 4 (33.3).  To check on yourself, add the power ratings you get for the two resistors, and 
you should get the original power rating (100 watts for this example). 
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NOTES ON PORTING: 
If your vent area (or diameter) is too large to fit conveniently on the enclosure baffle, it may be divided into 
smaller ports as long as the overall vent area and length remain unchanged.  An example of this is the case 
where one 200 mm (8 inch) diameter tube is replaced by four 100 mm (4 inch) diameter tubes of the same 
length.  The four smaller tubes have the same area, but also have twice the wall surface area.  In cases such 
as this it is sometimes necessary to trim the tube length by perhaps 10% to 20% to maintain the same 
Helmholtz frequency that the single tube would have provided, since multiple tubes (more wall area) tend to 
tune a bit lower because of the added air friction on the greater wall surface area.  You can determine actual 
tuned frequency under large-signal conditions by measuring the A.C. current maximum near the target 
Helmholtz frequency with an A.C. ammeter hooked in series between the power amplifier and the 
loudspeaker; the maximum current reading will coincide with tuning frequency and will occur at a 
frequency between the frequencies of two current minima.  For large-signal level reading accuracy, about 2 
amperes should be fed through the ammeter/speaker circuit.  This corresponds to about 30-40 watts for a 
typical 8-ohm loudspeaker.  Once actual Helmholtz frequency is known, you can trim excess length (equally 
from all tubes) to achieve the desired frequency increase. 
 
PORTING SUGGESTIONS: 
The vents in a vented enclosure operate only at the tuned (Helmholtz) frequency and do not affect the 
system operation at other frequencies.  If multiple ducts are used, the formula area r= π 2  will give the area 
of a circle from which you can calculate the total area of all tubes.  To determine the equivalent diameter of 
a particular duct opening area, divide the area by π, then take the square root of the result and finally, 
multiply by 2 to obtain diameter.  The areas of multiple ducts are added and considered one area which is 
then treated as a single larger duct tube when calculating duct length.  Generally, the largest possible vent 
should be used, and its duct volume added to the enclosure design.  Since increasing vent area dictates that 
duct length is also increased, this usually means adding ducts to what might otherwise be a simple baffle 
cutout. 
 
Ducts can be made of any rigid material such as the cardboard tubing discarded by carpet retail stores.  
Ducts can be single or multiple tubes, and can be round, square or rectangular—it makes no difference in 
the performance of the duct.  A vent area that is too small will cause vent whistling and produce low 
frequency output power compression at high power input levels.  Small vents make the box behave like a 
sealed system at high power levels, creating more distortion and reducing system reliability.  The use of a 
high-pass filter such as those found on most electronic crossovers and some equalizers is highly 
recommended with vented loudspeaker systems to prevent sub-sonic signals from causing hazardously long 
cone excursions and using amplifier power at sub-sonic frequencies that make no sound output from the 
tuned system. 
 
PORT PLACEMENT ON THE ENCLOSURE: 
the port dimension.  The fiberglass or other insulating material inside the box should be fastened so as not to 
be drawn toward the port by the air flow.  If necessary, insulation should be removed from the immediate 
vicinity of the duct end.  Port material can be anything rigid, e.g. cardboard carpet tube.  More expensive 
PVC or plastic tube is not necessary.  It is generally not critical where ports are placed on an enclosure as 
far as low frequency operation is concerned, but is should be remembered that the port and woofer form a 
resonating “system” which should not be disturbed or limited by nearby obstacles.  Placing the vent on the 
back of the enclosure or anywhere far from the woofer, will produce a phase difference and a concomitant 
amplitude difference in the summed total box output, from what it would be if the vent were placed on the 
front of the enclosure.  It takes a sound wave path length difference of ¼-wavelength to shift the phase 
relationship of the outputs of woofer and vent 90 degrees.  That difference depends on the tuning frequency 
and the path length distance.  That distance is 2.2 m (7 feet) if the enclosure is tuned to 40 Hz and 2.9 m (9.4 
feet) if the tuning frequency is 30 Hz.  With this caveat in mind, it is perfectly acceptable to put a port on 
the back, side, or top of an enclosure as long as the enclosure will not then be located near a wall or other 
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obstacle so that the air flow at the vent opening is impeded.  The same rule applies to the inside-the-box end 
of the duct as to the outside: the end of the vent should be kept away from obstacles if possible, as a rule by 
about twice s not necessary unless some odd size is called for where cardboard is not available.  Port 
ducting can be square or rectangular using wooden sides as long as extreme length-to-width ratios are 
avoided.  For example, a 230 mm (9 inch) tube and a 200 mm (8 inch) square duct have approximately the 
same area.  One or two sides of the box may be used as sides of such a duct, but this will cause an alteration 
in the expected tuning.  Common wall ducts should therefore be designed to allow for some length 
adjustment after the box is completed. 
 
BRACING 
Bracing is something rarely indulged in by loudspeaker manufacturers because it costs too much in 
production of large volumes of loudspeakers.  However, it is necessary, and unless the speaker box is very 
small and made of very thick material, internal material damping will not kill vibrations adequately.  For 
any box larger than 12” in any one dimension, braces are needed to control panel vibrations.  In reality, it is 
close to impossible to get rid of all panel vibration, short of making the box of inch-thick lead or a sandwich 
of material with an air space filled with sand—both approaches being expensive and impractical.  
Remember that not only drivers but also braces take up box volume.  Here is a schematic sketch of a 
speaker enclosure showing bracing.  In this case, the material is one-inch thick medium-density fiberboard 
braced with two-by-fours. 

 
Loudspeaker drivers displace air from the enclosure in which they are mounted. This volume should be 
added to the target design volume, along with duct volume, when calculating the internal size of the 
enclosure.  Front-mounted drivers displace the following volumes:  
 

 8 inch = .05 cubic foot  15 inch = .2  cubic foot 
10 inch = .1  cubic foot 18 inch = .3  cubic foot 
12 inch = .15 cubic foot  horns & drivers = .05 to .1 cubic foot 
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To determine vent size for a given enclosure volume, the following table is provided.  The small enclosures 
given (less than 2.0 cubic feet) are most often used as midrange sub-chambers and thus have what might 
appear to be odd tuning frequencies.  In normal practice, where midrange drivers are used with crossover 
frequencies above 250 Hz, tuning is impractical and cone excursion is minimal so it's best to leave midrange 
enclosures sealed.  Any driver used for bass guitar should be used in an enclosure with 40 Hz tuning, except 
where it is explicitly intended for use as a subwoofer, in which case the 30 Hz tuning is used.  Normally, 80, 
40 or 30 Hz tunings will provide adequate performance for most low-frequency drivers.   
VENT DIMENSIONS FOR VARIOUS ENCLOSURE VOLUMES AND COMMON TUNING FREQUENCIES 
Note: these data are calculated as net volumes.  The driver displacement volume and the listed duct volume must be added to an enclosure design 
using these data for correct internal net volume.   All dimensions here are in inches and cubic feet. 
 
BOX BOX VENT VENT DUCT DUCT BOX BOX VENT VENT DUCT DUCT BOX BOX VENT VENT DUCT DUCT 
VOL TUNE AREA DIAM LENGTH VOL. VOL TUNE AREA DIAM LENGTH VOL. VOL TUNE AREA DIAM LENGT

H 
VOL. 

0.3  100  2.3  1.7  --  --  4.4  30  19.6  5.0  9.6  .11  7.3  30  50.3  8.0  14.6  .42  
0.3  110  3.0  1.9  --  --  4.4  40  19.6  5.0  3.8  .04  7.3  40  50.3  8.0  5.7  .16  
0.4  120  6.0  2.75  --  --  4.5  30  19.6  5.0  9.3  .11  7.4  30  50.3  8.0  14.3  .42  
0.5  50  4.9  2.5  8.7  .02  4.5  40  19.6  5.0  3.6  .04  7.4  40  50.3  8.0  5.5  .16  
0.5  100  4.9  2.5  --  --  4.6  30  19.6  5.0  9.0  .10  7.5  30  50.3  8.0  14.1  .41  
1.0  50  7.1  3.0  5.4  .02  4.6  40  19.6  5.0  3.5  .04  7.5  40  50.3  8.0  5.3  .16  
1.0  100  19.6  5.0  1.6  .02  4.7  30  19.6  5.0  8.8  .10  7.6  30  50.3  8.0  13.8  .40  
1.5  80  28.3  6.0  3.5  .06  4.7  40  19.6  5.0  3.3  .04  7.6  40  50.3  8.0  5.2  .15  
2.0  30  9.6  3.5  11.7  .07  4.8  30  19.6  5.0  8.5  .10  7.7  30  50.3  8.0  13.5  .39  
2.0  40  12.6  4.0  7.6  .06  4.8  40  19.6  5.0  3.2  .04  7.7  40  50.3  8.0  5.1  .15  
2.0  50  12.6  4.0  3.8  .03  4.9  30  19.6  5.0  8.3  .09  7.8  30  50.3  8.0  13.3  .39  
2.0  80  22.3  5.3  --  --  4.9  40  19.6  5.0  3.0  .03  7.8  40  50.3  8.0  4.9  .14  
2.1  30  9.6  3.5  11.1  .06  5.0  30  19.6  5.0  8.0  .09  7.9  30  50.3  8.0  13.1  .38  
2.1  40  12.6  4.0  7.1  .05  5.0  40  28.3  6.0  5.1  .08  7.9  40  50.3  8.0  4.8  .14  
2.2  30  9.6  3.5  10.4  .06  5.1  30  19.6  5.0  7.8  .09  8.0  30  50.3  8.0  12.8  .37  
2.2  40  12.6  4.0  6.6  .05  5.1  40  28.3  6.0  4.9  .08  8.0  40  50.3  8.0  4.7  .14  
2.3  30  9.6  3.5  9.9  .03  5.2  30  28.3  6.0  11.8  .19  8.1  30  50.3  8.0  12.6  .37  
2.3  40  12.6  4.0  6.2  .05  5.2  40  28.3  6.0  4.7  .08  8.1  40  50.3  8.0  4.5  .13  
2.4  30  9.6  3.5  9.4  .05  5.3  30  28.3  6.0  11.5  .19  8.2  30  50.3  8.0  12.4  .36  
2.4  40  12.6  4.0  5.8  .04  5.3  40  28.3  6.0  4.5  .07  8.2  40  50.3  8.0  4.4  .13  
2.5  30  12.6  4.0  12.0  .09  5.4  30  28.3  6.0  11.2  .18  8.3  30  50.3  8.0  12.1  .35  
2.5  40  12.6  4.0  5.5  .04  5.4  40  28.3  6.0  4.4  .07  8.3  40  50.3  8.0  4.3  .12  
2.6  30  12.6  4.0  11.4  .08  5.5  30  28.3  6.0  10.9  .18  8.4  30  50.3  8.0  11.9  .35  
2.6  40  12.6  4.0  5.2  .04  5.5  40  28.3  6.0  4.2  .07  8.4  40  50.3  8.0  4.2  .12  
2.7  30  12.6  4.0  10.9  .08  5.6  30  28.3  6.0  10.6  .17  8.5  30  50.3  8.0  11.7  .34  
2.7  40  12.6  4.0  4.8  .04  5.6  40  28.3  6.0  4.1  .07  8.5  40  50.3  8.0  4.0  .12  
2.8  30  12.6  4.0  10.4  .08  5.7  30  28.3  6.0  10.4  .17  8.6  30  50.3  8.0  11.5  .33  
2.8  40  12.6  4.0  4.6  .03  5.7  40  28.3  6.0  3.9  .06  8.6  40  50.3  8.0  3.9  .11  
2.9  30  12.6  4.0  9.9  .07  5.8  30  28.3  6.0  10.1  .17  8.7  30  50.3  8.0  11.3  .33  
2.9  40  12.6  4.0  4.3  .03  5.8  40  28.3  6.0  3.8  .06  8.7  40  50.3  8.0  3.8  .11  
3.0  30  12.6  4.0  9.5  .07  5.9  30  28.3  6.0  9.9  .16  8.8  30  50.3  8.0  11.1  .32  
3.0  40  12.6  4.0  4.1  .03  5.9  40  28.3  6.0  3.6  .06  8.8  40  50.3  8.0  3.7  .11  
3.1  30  12.6  4.0  9.1  .07  6.0  30  28.3  6.0  9.6  .16  8.9  30  50.3  8.0  10.9  .32  
3.1  40  12.6  4.0  3.8  .03  6.0  40  28.3  6.0  3.5  .06  8.9  40  50.3  8.0  3.6  .10  
3.2  30  12.6  4.0  8.7  .06  6.1  30  28.3  6.0  9.4  .15  9.0  30  50.3  8.0  10.7  .31  
3.2  40  12.6  4.0  3.6  .03  6.1  40  28.3  6.0  3.4  .05  9.0  40  50.3  8.0  3.5  .10  
3.3  30  12.6  4.0  8.4  .06  6.2  30  28.3  6.0  9.2  .15  9.1  30  50.3  8.0  10.6  .31  
3.3  40  12.6  4.0  3.4  .03  6.2  40  28.3  6.0  3.2  .05  9.1  40  50.3  8.0  3.4  .10  
3.4  30  12.6  4.0  8.1  .06  6.3  30  28.3  6.0  8.9  .15  9.2  30  50.3  8.0  10.4  .30  
3.4  40  12.6  4.0  3.3  .02  6.3  40  28.3  6.0  3.1  .05  9.2  40  50.3  8.0  3.3  .10  
3.5  30  12.6  4.0  7.7  .06  6.4  30  28.3  6.0  8.7  .14  9.3  30  50.3  8.0  10.2  .30  
3.5  40  12.6  4.0  3.1  .02  6.4  40  28.3  6.0  3.0  .05  9.3  40  50.3  8.0  3.2  .09  
3.6  30  12.6  4.0  7.4  .05  6.5  30  28.3  6.0  8.5  .14  9.4  30  50.3  8.0  10.0  .29  
3.6  40  12.6  4.0  2.9  .02  6.5  40  28.3  6.0  2.9  .05  9.4  40  50.3  8.0  3.1  .09  
3.7  30  12.6  4.0  7.2  .05  6.6  30  28.3  6.0  8.3  .14  9.5  30  50.3  8.0  9.9  .29  
3.7  40  12.6  4.0  2.8  .02  6.6  40  28.3  6.0  2.8  .05  9.5  40  50.3  8.0  3.0  .09  
3.8  30  12.6  4.0  6.9  .05  6.7  30  28.3  6.0  8.1  .13  9.6  30  50.3  8.0  9.7  .28  
3.8  40  19.6  5.0  5.0  .06  6.7  40  28.3  6.0  2.7  .04  9.6  40  50.3  8.0  2.9  .08  
3.9  30  12.6  4.0  6.7  .05  6.8  30  28.3  6.0  8.0  .13  9.7  30  50.3  8.0  9.5  .28  
3.9  40  19.6  5.0  4.8  .05  6.8  40  28.3  6.0  2.6  .04  9.7  40  50.3  8.0  2.8  .08  
4.0  30  19.6  5.0  10.9  .12  6.9  30  28.3  6.0  7.8  .13  9.8  30  50.3  8.0  9.4  .27  
4.0  40  19.6  5.0  4.6  .05  6.9  40  28.3  6.0  2.5  .04  9.8  40  50.3  8.0  2.7  .08  
4.1  30  19.6  5.0  10.6  .12  7.0  30  50.3  8.0  15.5  .45  9.9  30  50.3  8.0  9.2  .27  
4.1  40  19.6  5.0  4.3  .05  7.0  40  50.3  8.0  6.2  .18  9.9  40  50.3  8.0  2.6  .08  
4.2  30  19.6  5.0  10.2  .12  7.1  30  50.3  8.0  15.2  .44  10.0  30  50.3  8.0  9.1  .26  
4.2  40  19.6  5.0  4.2  .05  7.1  40  50.3  8.0  6.0  .17  10.0  40  50.3  8.0  2.6  .07  
4.3  30  19.6  5.0  9.9  .11  7.2  30  50.3  8.0  14.9  .43        
4.3  40  19.6  5.0  4.0  .05  7.2  40  50.3  8.0  5.8  .17        
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USING THE ENCLOSURE DESIGN FLOW CHART AND PORT DESIGN CHART 
 
WHAT YOU WILL NEED: 
[1]  A “scientific” pocket calculator.  These can be found at discount stores from about $8.  The calculator 
need have only minimal scientific functions; a “ yx ” key, or the ability to raise an input number to the 
power of an input exponent.  The calculator must also have a “ LOG ” key that takes the base-10 logarithm 
of a displayed number, and of course, a square root key. 
 
[2]  A clear plastic straight edge about 6 inches long. 
 
INSTRUCTIONS FOR NOVICES:   
The calculations on the flow chart are simple arithmetic.  If you use two simple rules, the math will quickly 
become simple. 
 
[RULE 1]   

Calculate equations from the inside out.  Look at the equation.  Look for the innermost terms.  Taking the 

first equation as our example,  VB = 15 (QTS
2.87) VAS , the term  “ QTS

2.87 ”  appears inside a  pair of 

parentheses, inside the two other terms in the equation,  “ 15 ”  and  “ VAS .”  Using a 2235H as our 

reference loudspeaker, we first raise its QTS which is 0.25, to the power of 2.87 to obtain 0.0187, next we 

multiply by 15 and by VAS  in either order, to obtain 4.55, the box volume in cubic feet. 

 

Where a term to be operated upon appears under a radical sign (square root), do the operation under the sign 

first, then take the square root of the result, then continue with remaining operations.  For example, to find 

the f3 of a larger or smaller box, the equation is:   

F
V
V FAS

B
S3 =

⎛
⎝
⎜

⎞
⎠
⎟  

First divide our VAS which is 16.2, by the desired box volume, VB (let's say 3 cubic feet for example), to 

obtain 5.4 then take the square root of the result to get 2.324 then finally, multiply by fS which is 20 hertz, to 

obtain the answer, 46.5 hertz, which is the -3 dB frequency for a 2235H in a 3 cubic-foot box. 

 

Where two sets of parentheses or brackets appear, the same rule applies.  For example, to find the tuning 

frequency for the oversized or undersized box, use the bottom equation on the page:   

f f
V
VB S

AS

B
=

⎛
⎝
⎜

⎞
⎠
⎟

0 32.

 

First divide VAS by VB which, using a 10 cubic foot box, is 16.2/10 then raise the result, 1.62, to the power of 

.32 to obtain 1.17 and finally, multiply by the fS of 20 hertz to obtain 23.3 hertz. 
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[RULE 2]   
Ignore the names of the quantities you are calculating. 
 
Confusion often arises trying to figure out what to do with the “hertzes” and “cubic feet” and the fact that 
the QTS doesn't seem to relate to any tangible “units.”  Just remember that the number you end up with at the 
end of a calculation is the quantity of the term on the other side of the equals sign.  As in the case of the last 
example, the equation is: 

f f
V
VB S

AS

B
=

⎛
⎝
⎜

⎞
⎠
⎟

0 32.

 

So after calculating you will end up with a number that will represent fB. 
 
Make notes of your calculated results!  If it's worth the trouble to calculate, it's worth making careful notes.  
You're only likely to do this once for a given speaker model, so take the extra time to make a table 
something like this: 
 
box size:         3 ft3 box size:         4 ft3 box size:         5 ft3 box size:         6 ft3 

low end f3:      46.5 low end f3:       40.2 low end f3:      36.0 low end f3:       32.9 

box tune fB:    34.3 box tune fB:      31.3 box tune fB:     29.1 box tune fB:      27.5 

hump/dip dB:    +1.4 hump/dip dB:   +0.5 hump/dip dB:   -0.2 hump/dip dB:    -0.7 

 
 
 USING THE ENCLOSURE VENTING NOMOGRAPH 

After you determine what box volume you'll be using and what  fB  you will tune your enclosure to, you'll 
need to know how to port your enclosure to obtain the desired tuning (Helmholtz) frequency.  If you can't 
find your enclosure and tuning on the chart in Figure 3., turn to the “Loudspeaker Enclosure Venting 
Nomograph” and place a straight edge so that it intersects the enclosure volume and Helmholtz frequency at 
the desired points on the leftmost two vertical index lines marked “ VB-ft

3  ” and “ FB-Hz ,” respectively.  
You might then make a light pencil mark at the point where the straight edge intersects the “ LV/SV ” 
construction line.  This point is called the “construction point.”  Next, draw a light pencil line from the 
construction point, straight across the chart's curved lines, parallel to the top and bottom of the chart.  Your 
choice of duct diameters and lengths now appears at the intersect points along your horizontal pencil line.  
The duct diameters are the curved lines.  The equivalent vent areas of the various diameters appear at the 
rightmost ends of the curved lines.  The duct length is read at the bottom of the graph.  After finding an 
intersection point along your horizontal line at a particular desired duct diameter, draw a light pencil line 
straight down to the bottom of the graph to the “port length” (LV) line.  Use the largest practical area for 
your duct that you can, as outlined in the beginning of this loudspeaker section. 
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A NOTE ABOUT SUBJECTIVE RESULTS 
 
WHAT THIELE-SMALL ALIGNMENT DOES 
Flattest alignment produces in a “system” (box and driver) the optimum passband frequency response, phase 
response and damping a particular driver is capable of delivering.  The optimized system forces the driver to 
produce minimum distortion and phase shift, and allows the driver to handle maximum power at its lowest 
operating frequencies. 
 
WHAT ALIGNMENT DOES NOT DO 
Flattest alignment does not automatically produce the most or the lowest bass output a particular driver can 
deliver.  Drivers with small VAS and QTS and high fS will align properly only in small boxes and therefore 
will produce little bass.  Such drivers, when used to advantage as components of multi-way loudspeaker 
systems, perform best as midrange drivers.  Midrange drivers are usually crossed over well above the 
frequency that flattest alignment tuning would call for, cone excursion is therefore minimal, and so venting 
a midrange enclosure in such a case generally does not offer any significant improvement in performance 
over a slightly larger sealed enclosure. 
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Flattest alignment does not always sound best in a particular application.  You may actually prefer the sound 
of non-flat aligned speaker systems, or even non-aligned systems to that of flat aligned systems, using 
particular loudspeakers.  Some good-sounding examples that illustrate this apparent contradiction are open-
back guitar amplifier enclosures, automobile speakers and those vastly oversized hi-fi cabinets built in the 
Fifties and Sixties to house JBL D130's.  The most common use of non-optimum alignment and non-
alignments is in musical instrument speaker systems.  By Thiele-Small standards, a D130- type speaker is 
strictly a midrange driver, but anyone who has ever used a D130 in a 14-cubic foot boom box tuned to 40 
hertz as they were in the late 50's can tell you that D130's make plenty of bass.  Thiele-Small flat alignment 
can be used as a starting point from which to judge other enclosure designs that may produce pleasing or 
acceptable results with particular loudspeakers. 

 

 DESIGN EXAMPLE USING JBL 2245H EIGHTEEN-INCH WOOFER 

2245H data:     fS = 20     QTS = .27     VAS = 29      

TO FIND BOX VOLUME FOR FLATTEST RESPONSE:  VB: 

VB = 15 (.27)2.87 (29) = 10.15 cubic feet 
Is the box size acceptable?   
If so then calculate the system's -3 dB frequency  f3  by: 

f3 = .26 (.27)-1.4 (20) = 32.5 hertz 

If the f3 is OK, calculate the box tuning (Helmholtz) frequency by: 

fB = .42 (.27)-0.9 (20) = 27.3 hertz 
This box volume and tuning will yield the flattest response with no low-frequency passband ripple (hump or dip).  If you want to 
try a larger or smaller box, calculate the f3 and fB using the alternate formulae.  Here are examples using smaller (7 cubic foot) 
and larger (16 cubic foot) boxes, with computer-generated graphs of the resulting frequency responses. 
 
7 cubic foot box: 

f3 = 29/7 (20) = 40.7 hertz, fB = [(29/7).32](20) = 31.5 hertz 

The low-frequency passband ripple is then given by the equation: 

Ripple = 20Log10 [2.6(.27)(29/7).35] = +1.3 dB 

16 cubic foot box: 

f3 =  29/16 (20) = 26.9 hertz, fB = [(29/16).32](20) = 24.2 hertz 

Ripple = 20Log10 [2.6(.27)(29/16).35] = -1.3 dB 

 
                           So-called “optimal” alignment              undersized “underdamped” alignment           oversized “overdamped” alignment 
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Audio Reading Recommendations 
FOR AUDIO NOVICES: 

BOOKS: 
“Acoustic Techniques for Home and Studio,” Everest, F. Alton, Tab Books, Blue Ridge Summit   1973 
“Broadcast Communications Dictionary,” Diamant, Hastings House, New York   1974 
“Building Speaker Enclosures,” David B. Weems, Radio Shack publication, stock# 62-2309 
“Designing, Building & Testing Your Own Speaker System,” David B. Weems, Tab Books #1364 (this is the same as the Weems book above) 
“Dictionary of Film & Television Terms,” Oakey, Barnes & Noble, New York   1983 
“The CAMEO Dictionary of Creative Audio Terms,” Creative Audio & Music Electronics Organization, 10 Delmar Avenue, Framingham, MA 01701 
“The Complete Handbook of Public Address Sound Systems,” F. Alton Everest, Tab Books #966, Tab Books, Blue Ridge Summit, PA 17214 
“Hi-Fi Loudspeakers and Enclosures,” Abraham B. Cohen, Hayden Book Co., 0721 
“Introduction to Professional Recording Techniques,” Bartlett, Bruce, Howard W. Sams & Co., Indianapolis 1987 
“How to Build Speaker Enclosures,” Alex Badmaieff and Don Davis, Howard W. Sams & Co., Inc., 4300 West 62nd Street, Indianapolis, IN 46268 
“Making Music,” Martin, George, William Morrow & Co., New York   1983 
“Practical Guide for Concert Sound,” Bob Heil, Sound Publishing Co., 156 East 37th Street, New York, NY 10016 
“Questions & Answers About Tape Recording,” Burstein, Herman, Tab Books, Blue Ridge Summit   1974 
“Recording Demo Tapes at Home,” Bartlett, Bruce, Howard W. Sams, Inc., Indianapolis 
“Technique of the Sound Studio,” Nisbett, Alec, Focal/Hastings House, New York   1979 
“Telling the Story,” Josephson, Larry (ed), Kendall Hunt, Dubuque   1983 
“Yamaha Sound Reinforcement Handbook,” Gary Davis and Ralph Jones, Hal Leonard Publishing, 7777 W. Bluemound Road, P.O. Box 13819, Milwaukee, WI 53213 
 
PAPERS: 
“The Most Commonly Asked Questions About Building Enclosures,”  Drew Daniels, JBL Professional, 8500 Balboa Blvd., Northridge CA, 91329  
“Using the enclosure design flow chart,” Drew Daniels, JBL Professional, 8500 Balboa Blvd., Northridge, CA 91329 

 
FOR EXPERIENCED AUDIO PRACTITIONERS AND HOBBYISTS: 

BOOKS: 
“Acoustic Noise Measurement,” Jens Trampe Broch, Bruel & Kjaer Instruments, Inc., 185 Forest Street, Marlborough, MA 01752  (617) 481-7000 
“Acoustics of Music,” Bartholomew, Wilmer T., Prentice Hall, New York   1942 
“Audio Craft,” Merrick, C. et al, National Federation of Communications, Washington   1982 
“The Audio Cyclopedia,” Howard M. Tremaine, 2nd Edition 1969, Howard W. Sams & Co., Inc., 4300 West 62nd Street, Indianapolis, IN 46268 
“Audio Equipment,” Green, Michael, DMR Publications    1978 
“Audio Production Techniques for Video,” Huber, David M., Howard W. Sams & Co., Indianapolis 
“Audio Systems,” Herrick, Clyde N., Reston Publishing Co., Reston   1974 
“Audio in Media,” (2nd ed.), Alten, Stanley R., Wadsworth Publishing Co., Belmont, CA   1986 
“Building A Recording Studio,” Cooper, Jeff, Synergy Group Inc., Los Angeles   1984 
“Basic Disc Mastering”, Boden, Larry, Full Sail Recording Workshop, Orlando   1981 
“Basics of Audio and Visual Systems Design,” Wadsworth, Raymond, Howard W. Sams, Inc., Indianapolis 
“Complete Handbook of Magnetic Recording, 3rd ED,” Jorgensen, Finn, Tab Books, Blue Ridge Summit   1988 
“Handbook of Multichannel Recording,” Everest, F. Alton, Tab Books, Blue Ridge Summit   1975 
“Handbook of Noise Measurement,” Arnold P. Peterson and Ervin E. Gross, Jr., General Radio, 300 Baker Avenue, Concord, MA 01742 
“High Performance Loudspeakers,” Martin Colloms, a Halstead Press Book, 1978 John Wiley and Sons, New York and Toronto. 
“Magnetic Recording for the 1980's,” Government Printing Office, Washington   1982 
“Master Handbook of Acoustics,” Everest, F. Alton, Tab Books, Blue Ridge Summit   1981 
“Microphone Handbook,” Eargle, John, Elar Publishing, Plainview, NY   1981 
“Microphone Manual, Design & Applications,” Huber, David M., Howard W. Sams & Co., Indianapolis   1988 
“Microphones,” Clifford, Martin, Tab Books, Blue Ridge Summit   1982 
“Modern Recording Techniques” (3d Ed.), Runstein, R.E. & Huber, D.M., Howard W. Sams, Indianapolis   1988 
“Modern Sound Reproduction,” Harry F. Olson, 1972, Van Nostrand Reinhold Co., New York. 
“Music and Physics,” Donald and Harvey White, Holt Rhinehart & Winston Publishing, New York 
“Music Physics and Engineering,” Harry F. Olson, Dover Publications, 180 Varick Street, New York, NY 10014 
“Musical Sound,” Moravcsik, Michael J., Paragon House Publishers, New York   1987 
“Physics of Music,” Scientific American, W. H. Freeman, San Francisco   1978 
“Practical Techniques for the Recording Engineer,” Keene, Sherman, Sherman Keen   1981 
“Recording Studio Handbook,” Woram, John M., Sagamore Publishing Co., Plainview   1982 
“Sound Recording,” Eargle, John, Van Nostrand Reinhold, New York   1984 
“Sound Recording & Reproduction,” Akin, Glyn, Focal Press   1981 
“Sound Recording Handbook,” Woram, John M., Howard W. Sams, Inc., Indianapolis   1989 
“Sound Recording Practice” (3rd ed.)(Anthology), Borwick, John (ed), Oxford University Press, New York   1987 
“Sound Recording for Motion Pictures,” Fratari, Charles, A. S. Barns, 1979  
“Sound Tape Recording, TV Tape Recording & Film,” International Telecommunications Union, Geneva   1985 
“Sound with Vision,” Alkin, E. G. M., Crane, Russak & Co., New York   1973 
“Stereo TV: Production of Multidimensional Audio,” Olearczuk, Roman, Howard W. Sams & Co., Indianapolis 
“Sound System Engineering,” Don and Carolyn Davis, Howard W. Sams & Co., Inc., 4300 West 62nd Street, Indianapolis, IN 46268 
“Successful Sound System Operation,” F. Alton Everest, Tab Books #2606, Tab Books, Blue Ridge Summit, PA 17214 
“Troubleshooting & Repair of Audio Equipment,” Lenk, John D., Howard W. Sams & Co., Indianapolis 
 
PAPERS: 
“Notes on 70-volt and distributed system presentation,” Drew Daniels, for the National Sound Contractors Association Convention, September 10, 1985, JBL Pro, 8500 Balboa Blvd., Northridge, 
CA 91329 
“Thiele-Small Nuts and Bolts with Painless Math,” Drew Daniels, presented at the 70th Convention of the Audio Engineering Society, November 1981 AES preprint number 1802(C8). 
“Tape Recorder Measurement Standard,” Electronic Industries Association, Washington   1984 
 

FOR ENGINEERS: 
BOOKS: 
“Acoustical Engineering,” Harry F. Olson, D. Van Nostrand Co., Inc., 250 4th Street, New York 3, NY 1957 (out of print) 
“Acoustical Designing in Architecture,” Vern Knudsen & Cyril Harris, American Institute of Physics for ASA 
“Acoustics,” Leo L. Beranek, Mc Graw-Hill Book Co., New York 1954. 
“Acoustics and Electroacoustics,” Rossi, Mario, McGraw-Hill, New York   1988 
“AM Stereo and TV Stereo,” Prentiss, Stan, Tab Books, Blue Ridge Summit   1975 
“Art of Digital Audio,” Watkinson, John, Focal Press, London, Boston   1988 
“Audio Control Handbook” (6th Ed.), Oringel, Robert S., Butterworth Publishers, Stoneham, MA   1989 
“Audio Electronics Reference Book,” Sinclar, Ian R., Blackwell Scientific Publications, Inc., Cambridge   1989 
“Audio IC Op-Amp Applications,” Jung, Walter G., Howard W. Sams, Inc., Indianapolis 
“Broadcast Radio and Television Handbook,” Noll, Edward M., Howard W. Sams, Indianapolis   1983 
“Broadcast Operator Handbook,” Government Printing Office, Washington   1976 
“Compact Disc Troubleshooting & Repair,” Heller and Bentz, Howard W. Sams, Inc., Indianapolis 
“Compact Disk, A handbook of Theory and Use,” Pohlmann, Ken C., kA-R Editions Inc., Madison, WI   1989 
“Digital Audio,” Audio Engineering Soc., Audio Engineering Society, New York   1983 
“Digital Audio Engineering” (Anthology), Strawn, John  (ed), William Kaufmann, Los Altos   1986 
“Digital Audio Signal Processing,” Strawn, John (ed), William Kaufmann, Los Altos   1986 
“Digital Audio Technology,” Nakajima H. et al, Tab Books, Blue Ridge Summit   1983 
“Digital Audio and Compact Disc Technology,” Baert, Theunissen & Vergult (Ed.), Heinemann Professional Publishers, Oxford   1988 
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“Elements of Sound Recording,” Frayne, J.G. & Holfe, H., John Wiley & Sons, Ind., New York   1949 
“Elements of Acoustical Engineering,” Harry F. Olson, D. Van Nostrand Co., Inc., 250 4th Street, New York 3, NY (1st ed., 1940, 2nd ed., 1947 -- both out of print) 
“Fundamentals of Acoustics,” Lawrence E. Kinsler and Austin R. Frey, John Wiley and Sons, New York and Toronto. 
“Handbook of Recording Engineering,” Eargle, John, Van Nostrand Reinhold, New York   1986 
“Handbook for Sound Engineers,” Ballou, Glen (Ed.), Howard W. Sams & Co., Indianapolis   1987 
“Handbook of Sound System Design,” Eargle, John, Elar Publishing Co, Inc., Commack, NY   1989 
“Loudspeakers: Theory Performance, Testing and Design,” N.W. McLachlan, Oxford Engineering Science Series, Oxford at The Clarendon Press 1934, Corrected Edition, Dover Publications 
1960. 
“Magnetic Recording,” Begun, S. J., Rinehart & Co., New York   1954 
“Magnetic Recording,” Lowman, Charles E., McGraw-Hill, New York   1972 
“Magnetic Recording,” Vol. 1 (Technology), Mee, C & Daniel, E., McGraw Hill, New York   1988 
“Magnetic Recording,” Vol. 2 (Computer Data Storage), Mee, C & Daniel, E., McGraw Hill, New York   1988 
“Magnetic Recording,” Vol. 3 (Video, Audio Inst. Rec), Mee, C & Daniel, E., McGraw Hill, New York   1988 
“Magnetic Recording Handbook,” Camras, Marvin, Van Nostrand Reinhold, New York   1988 
“Magnetic Recording Techniques,” Stewart, W. Earl, McGraw-Hill, New York   1958 
“Measuring Microphones,” Bruel & Kjaer, Naerum, Denmark   1982 
“Microphones” (Anthology), Audio Engineering Soc., Audio Engineering Society, New York   1979 
“Principles of Digital Audio,” Strawn, John (ed), William Kaufmann, Los Altos   1986 
“Principles of Digital Audio” (2nd Ed.), Pohlman, Ken, Howard W. Sams, Indianapolis   1988 
“Science of Musical Sound,” Pierce, John R., Scientific American Press, New York   1983 
“Science of Sound,” Rossing, Thomas, Addison Wesley, Reading, MA   1982 
“The Theory and Design of Loudspeaker Enclosures,” Benson, J.E., Synergetic Audio Concepts, 12370 W. CR 100 N, Norman, IN 47264, (812) 95-8212, fax: 995 2110   1994  
“Time Code Handbook,” Hickman, Walter, Datametrics, Wilmington, MA   1982 
“Tone, A Study in Musical Acoustics,” Levarie, S. & Levy, E., Kent State University Press, Kent, OH   1980 
 
PAPERS: 
“AWASP: An Acoustic Wave Analysis and Simulation Program,” Don B. Keele, Jr., presented at the 60th AES Convention in Los Angeles, May 1978. 
“An Application of Bob Smith's Phasing Plug,” Fancher M. Murray, presented at the 61st AES Convention in New York, November 1978. 
“Automated Loudspeaker Polar Response Measurements Under Microcomputer Control,” Don B. Keele Jr., presented at the 65th AES Convention in London, February 1980. 
“Direct-Radiator Loudspeaker System Analysis,” R.H. Small, Journal of the Audio Engineering Society (JAES), Vol. 20, p. 383, June 1972. 
“Disk Recording Volume 1”  (Anthology), Audio Engineering Society, New York   1980 
“Disk Recording Volume 2” (Anthology), Audio Engineering Society, New York   1981 
“Ground Plane Acoustic Measurement of Loudspeaker Systems,” Mark R. Gander, presented at the 66th AES Convention in Los Angeles, May 1980. 
“Loudspeakers,” An anthology of articles on loudspeakers from the pages of the Journal of the Audio Engineering Society, Vol. 1 through Vol. 25 (1953-1977).  Available from the Audio 

Engineering Society, 60 East 42nd Street, New York, NY 10165   Telephone (212) 661-8528 
“Loudspeakers in Vented Boxes,” A.N. Thiele, Proceedings of the IREE Australia, Vol. 22, p. 487 August 1961; republished in the JAES, vol. 19, p. 382 May 1971 and p. 471 June 1971. 
“The Motional Impedance of an Electro-Dynamic Loudspeaker,” Fancher M. Murray, presented at the 98th Meeting of the Acoustical Society of America, November 19, 1979. 
“Moving-Coil Loudspeaker Topology As An Indicator of Linear Excursion Capability,” Mark R. Gander, presented at the 64th AES Convention in New York, November 1979. 
“A Personal Calculator Program for Low Frequency Horn Design Using Thiele-Small Driver Parameters,” Garry Margolis and John C. Young, presented at the 62nd AES Convention in Brussels, 
March 1979. 
“Personal Calculator Programs for Approximate Vented-Box and Closed-Box Loudspeaker System Design,” Garry Margolis and Richard H. Small, presented at the 66th AES Convention in Los 
Angeles, May 1980. 
“Three Dimensional Diaphragm Suspensions for Compression Drivers,” Fancher M. Murray and Howard M. Durbin, presented at the 63rd AES Convention in Los Angeles, March 1979. 
“Vented-Box Loudspeaker Systems,” R.H. Small, Journal of the Audio Engineering Society, Vol. 21,Z p. 363 June 1973, p. 438 July/August 1973, p. 549 September 1973, and p. 635 October 
1973. 
“Quadraphony” (Anthology), Audio Engineering Society, New York   1975 
“Sound Reinforcement” (Anthology), Audio Engineering Society, New York   1978 
“Stereophonic Techniques” (Anthology), Audio Engineering Society, New York   1986 
 

MANUFACTURER'S  TECHNICAL  NOTES: 
The  following  are  available  from  JBL  Professional, 8400 Balboa Bl., Northridge, CA  91329  attn: Technical Publications 
Volume 1, Number 1  “Performance Parameters of JBL Low-Frequency Systems” 
Volume 1, Number 2  “70-Volt Distribution Systems Using JBL Industrial Series Loudspeakers” 
Volume 1, Number 3  “Choosing JBL Low-Frequency Transducers” 
Volume 1, Number 4  “Constant Directivity Horns” 
Volume 1, Number 5  “Field Network Modifications for Flat Power Response Applications” 
Volume 1, Number 6  “JBL High-frequency Directional Data in Isobar Form” 
Volume 1, Number 7  “In-Line Stacked Arrays of Flat-front Bi-Radial™ Horns” 
Volume 1, Number 8  “Characteristics of High-Frequency Compression Drivers” 
Volume 1, Number 9  “Distortion and Power Compression in Low-frequency Transducers” 
Volume 1, Number 10  “Use Of The 4612OK, 4671OK, And 4660 Systems In Fixed Installation Sound Reinforcement” 
Volume 1, Number 11  “Controlled Power Response: Its Importance in Sound Reinforcement System Design” 
Volume 1, Number 12  “Polarity Conventions of JBL Transducers and Systems” 
Volume 1, Number 13  “JBL Concert Series Complete Sound Systems” 
Volume 1, Number 14  “Basic Principles for Suspending Loudspeaker Systems” 
Volume 1, Number 15  “Choosing the Right Studio Monitor for Specific Applications, A Discussion of JBL and UREI Monitor Loudspeakers” 
Volume 1, Number 16 “Power Ratings of JBL Loudspeakers and JBL/UREI Amplifiers” 
Volume 1, Number 17 “Measurement and Interpretation of Loudspeaker Polar Data: A Comparison of JBL Constant Coverage Bi-Radial™ Horns and EV HP Large Format Horns” 
Volume 1, Number 18 “Vented Gap Cooling™ in Low Frequency Transducers” 
Volume 1, Number 19 “Sub-Bass Systems Using Triple Chamber Bandpass™ (TCB) Technology” 
Volume 2  Number 1A  “1/3 Octave Equalization and The JBL/UREI 5547A and 5549A” 
Volume 2, Number 2  “JBL/UREI Power Amplifier Design Philosophy” 
Volume 2, Number 3  “Applications for the JBL/UREI 7922 Digital Audio Delay” 
 
Instruction Manual: “Motion Picture Loudspeaker Systems: A Guide to Proper Selection And Installation” 
Marketing White Paper: “The Relationship Between the Sound Contractor and Religious Organizations” 
 
“Cinema System Design Manual” 
 
“Speaker Power Requirements, Answers To Some Often Asked Questions” 
 
“JBL Sound System Design Reference Manual” (available as free PDF download from JBLPRO.COM 
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