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1 Basic Transducer Acoustics

 We shall now turn our attention to acoustic transducers. A transducer is a device that converts 
energy one form into another. Loudspeakers and microphones are acoustic transducers. A loudspeaker 
converts electrical energy (electrons in motion) to acoustic energy (air particles in motion). An audio 
amplifier supplies the electrical energy to the loudspeaker. The loudspeaker converts this energy into a 
force that drives a diaphragm. The moving diaphragm pushes and pulls on the surrounding air to produce 
sound. A microphone is the electrical complement to a loudspeaker since it converts acoustic energy into 
electrical energy. A sound’s vibrating air supplies the acoustic energy. This vibrating air provides a force 
that pushes on a diaphragm and the microphone converts this force into an electrical signal. In its most 
simplistic definition, acoustics is the study of vibrating air – how sound waves propagate in a medium. Up 
to this point, our focus has been the understanding and design of electrical circuits to manipulate an audio 
signal. We are now ready to discuss transducer theory, that is, the design and analysis of loudspeakers and 
microphones. Our general goals in transducer theory are to be able to analyze and predict:

• Propagation – how sound radiates from a loudspeaker and travels through a medium 
• Directivity – how the radiated sounds move in three dimensions through the medium
• Frequency Response – how the transducer and its enclosure alters the frequency components of 

the audio signal

In this chapter, we focus on the propagation and directivity aspects of sound – the fundamental 
theories of acoustics. In the remaining chapters, we will analyze, design, and predict loudspeaker and 
microphone frequency responses. We will find that speakers do not function well hanging in free-space – 
they need an enclosure. We will design loudspeaker enclosures for a given speaker to create desired 
frequency responses. We will also analyze or predict the frequency response of a loudspeaker based on the 
physical dimensions of the enclosure and the acoustic parameters of the loudspeaker itself. Gaining this 
understanding will require a combination of basic math, physics, and electrical engineering. As it turns out, 
the best way to analyze and design transducers is to model their behavior as if they were electrical circuits, 
so we are already well prepared in that respect. 

In acoustics terminology there is a difference between a speaker and a speaker mounted in an 
enclosure (or box). We need to adjust our terminology to suit – unless otherwise specified, in this text we 
will use the following:

• A raw loudspeaker (not mounted in an enclosure) is called a driver.
• A driver mounted in an enclosure is called a loudspeaker. 

1.1 The Ideal Loudspeaker

 The ideal loudspeaker is known as a point source in transducer jargon. A point 
source is infinitely small and radiates all frequencies at equal power and in all 
directions. You could close your eyes and walk around the point source and the 
music would sound identical no matter where you stood – this is called omni-
directional radiation. In general, we will try to design systems that behave like 
point sources, even though it is impossible to fully achieve. 
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Figure 1.1: The symbol for our ideal loudspeaker – a driver with concentric circles “radiating” from it.



1.2 Sound Pressure Level

 As we discussed way back in Chapter 1, sound is vibrating air. Specifically, the vibrations consist 
of compression and rarefaction (or expansion) in which air particles are pressed closely together 
(compression) or pulled far apart (rarefaction). We use static air pressure (Po) as our reference of how much 
the air is compressed or expanded. For our purposes, we will take Po to be 15 lb/in2 or 1.013x105 Pa (Pa = 
pascals, or N/m2). Sound creates pressure fluctuations in its medium. Similarly, we’ve seen an AC source 
that creates voltage or current fluctuations in a circuit. In our audio circuits, we measured the relative 
strength of these fluctuations using either peak, peak-to-peak, or RMS measurements (see Figure 1.7). We 
might specify a “5 Vpeak” signal or a “3 VRMS” generator. We measure sound pressure fluctuations in the 
same manner: peak peak-to-peak, or RMS. There is a specific kind of measurement unit called Sound 
Pressure Level, or SPL. This measurement is made in decibels, and is sometimes referred to as dbSPL. The 
SPL measurement uses RMS pressure fluctuation as the variable. To be a decibel measurement, there must 
be a ratio. SPL is a comparison (ratio) of the measured RMS pressure fluctuations compared to the 
threshold of hearing in humans, 2x10-5 Pa(RMS). In this way, 0dBSPL represents the pressure fluctuations for 
a sound that is just barely audible. Formally:

   

  [1.1]

The pressure may not be measured in RMS units, but can easily be converted using the following formulae:

peak − to− peak = 2 2RMS RMS = peak − to− peak
2 2

RMS = peak
2

  [1.2]

We can also convert dbSPL to pressure by solving the equation backwards, that is:

  [1.3]      

This value may then be converted to peak or peak-to-peak as needed. 

Example 1.1The threshold of pain in human ears in often considered to be 120dBSPL. What is the peak-
to-peak pressure (pp-p) a listener experiences at this volume? How many times more than the threshold of 
hearing does this represent? 

Answer: From [1.2], the RMS pressure is

pRMS = (2x10
−5 )(10

120
20 ) = (2x10−5 )(1000000) = 20Pa   [1.4]

20 Pa is one million times the pressure fluctuations of a just-audible sound. Our ears have a very high 
dynamic range!
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1.3 Wave Propagation

Our next job is to understand the difference between the global motion of the sound wave, and the 
local motion of air particles. For example, suppose you witness someone far away from you clapping their 
hands – you first see the hands clap, then you hear the sound. The person who clapped vibrated the air next 
to their hands. Your ears (transducers in their own right) picked up the sound because the air particles next 
to your eardrums were vibrating. However, air particles vibrating next to your eardrum are not the same air 
particles that were initially set into motion by the handclap. The sound has propagated across a distance to 
reach your ears, yet the individual air particles have not moved across this distance. If the air had 
propagated too, then you would feel wind each time a sound occurs. This is clearly not the case. Another 
analogy might be a long line of dominoes falling – the first domino is set into motion, and this creates a 
‘wave’ that propagates down the line of dominoes. Although each domino only moves a short distance, 
toppling over to hit its neighbor, the domino wave may travel a long way. 

 Since most of us have actually viewed a driver in motion, let’s jump right in and analyze the 
physical behavior of the driver’s cone as it pushes and pulls on the air. One of the most fundamental 
techniques in transducer theory is to use a circular, flat piston-head to model the behavior of the cone-
shaped, and not necessarily circular, driver. Aside from the geometric simplifications, we can leverage on 

the work of the brilliant English physicist/
engineer Lord William Thomas Kelvin (1824 – 
1907) who studied, among many other things, the 
behavior of vibrating piston heads. Additionally, 
we will find that drivers really do behave just like 
flat pistons under certain circumstances, and this 
piston behavior is actually highly desirable. 

Figure 1.2: A breakdown of the motion of the 
piston head and air particles during sinusoidal 
oscillation. The piston is vibrating in the x 
dimension. In (a), the piston is at rest and the air 
particles are shown at rest (static air pressure 
position). For simplification, we will only observe 
a single line of air particles on the x-axis. 

(b) As the piston pushes to the right, it 
compresses the adjacent air particles (simplified 
to three particles here). Note that the three 
particles are pressed tightly together.

(c) During the time it took for the piston to move 
back to rest position, the band of compressed 
particles moved to the right. Note that the 
originally compressed particles have essentially 
returned to their rest positions and the band of 
compression has moved to the next set of 
particles, via particle collision. Also, note that the 
new compressed particles are not pressed as 
tightly as before. 

(d) The piston has moved backwards in the 
negative x-direction. This has expanded the 
distance between the first three adjacent air 
particles creating a band of rarefaction. At the 
same time, the band of compression has 
propagated further to the right, and the amount of 

compression has diminished again.
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(e) The piston is back at rest position. Both the compression and rarefaction bands are not propagating to 
the right. The sound wave is now moving to the right. The distance from the center of one compression 
band to the center of the next compression band is called the wavelength. (NOTE: the diagram above has a 
typo; it should say “1/2 wavelength” instead). As the wave continues to propagate to the right, in the 
positive x direction, the wavelength remains the same, but the compression band becomes less compressed 
and the expansion band becomes less evacuated. As the wave propagates, it looses energy, so that at some 
distance far away from the piston, no particle vibration occurs – this is the point at which the sound wave 
dies. 

1.4 Driver Excursion and Air Particle Displacement

The “in and out” motion of a driver is called its excursion. Just as in sound level measurements, 
we can use peak, peak-to-peak, and RMS types of measurements for driver excursion. In this text, we will 
use the lower case italic x to represent driver excursion. One of the most fundamental driver specifications 
is called xmax and is the maximum distance away from the rest position that the driver can move. This is 
often called the maximum excursion. Note that this is inherently a peak measurement, since it only takes 
into account the peak excursion in one direction. The complete distance the driver can travel, both in and 
out, is actually double the value for xmax. 

The air particles along the wave front also move in and out (or back and forth) in a similar manner 
as the driver. We call this motion the particle displacement away from the particle’s rest position. Again, 
we may choose peak, peak-to-peak, or RMS measurements. We will use the lower case Greek letter ξ to 
represent the local particle displacement. Closer examination of Figure 1.1 reveals that the air particle that 
is at a distance of x = 0 (i.e. the particle closest to the driver’s surface) has essentially the same 
displacement as the driver’s excursion. As we move further away from the driver, the air particle 
displacement diminishes. The physical chemistry of air determines how the particle displacement decreases 
with distance.

1.5 Wave Velocity

The global motion of a sound wave consists of bands of compression and rarefaction propagating 
moving outward and away from the source. The sound wave moves at a constant velocity, c. The speed of 
sound in a gas can be calculated as

  [1.5]

NOTE: many of the transducer design equations require an “equivalent piston radius” in the calculation. 
Generally, the manufacturer specifies the diameter of the driver, usually in inches. A handy rule of thumb 
is that the piston radius in centimeters is approximately equal to the driver’s diameter in inches, so a 12” 
driver would have a piston radius of 12cm (0.12 m). Additionally, the piston radius is denoted by the 
variable a in these calculations.
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The velocity of sound in air, c = 345 m/s  (or about 1131 ft/sec)



You should go ahead and memorize the velocity of sound in air at room temperature:
1.6 Spherical vs. Plane Waves 

 

There are two fundamental geometries of sound waves: spherical waves that radiate bands of compression 
and expansion omni-directionally and plane waves that radiate bands along a planar surface. All vibrating 
bodies attempt to radiate spherically. True plane waves can never be perfectly generated naturally. 

However, plane waves can be set up as standing waves inside a tube. 

Note that the curvature of the spherical waves becomes smaller as the sphere becomes larger, meaning that 
over a small segment of the sphere’s surface, the geometry approaches being planar. If you are located 
sufficiently far away from a spherical source, you may experience these planar waves.
The distance (dp) at which a spherical wave’s curvature is small enough to create plane waves can be found 
as follows: 
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Figure 1.3: (a) spherical waves radiating outward from a piston; the bands of compression and rarefaction lie 
on spherical boundaries (note: only 2 dimensions shown). (b) Plane waves have bands aligned along planar 
surfaces (again, only 2 dimensions are shown)

Figure 1.4: At a large distance from the source, the curvature of the spheres becomes so small that 
segments of the sphere appear to be planar.



 [1.6]

1.7 Conditions for Omni-directional Radiation

 There are two main conditions for omni-directional radiation. Lord Kelvin discovered that a piston 
radiates spherical waves if the wavelength of the emitted sound is greater than the circumference of the 
piston. Mathematically for omni-directional radiation,

λ ≥ 2πa
λ =  wavelength of frequency emitted
a =  piston-radius of driver

     [1.7]

The frequency whose wavelength just satisfies [1.6] is called the piston frequency. Frequencies at or 
below the piston frequency will radiate omni-directionally from the piston-head surface. Equation [1.5] can 
be rewritten for the piston frequency as

        [1.8]

For example, a 12” driver has a piston frequency of about 458 Hz. Below 458 Hz, the piston will radiate 
spherically. Above the piston frequency, the radiation pattern begins to deviate from spherical. We will 
cover this deviation in more detail in Section 1.8. 

The second condition for omni-directional radiation involves the enclosure in which the driver is mounted. 
Bass frequencies are able to “bend” around obstacles. The physical size of the obstacle dictates the highest 
frequency of omni radiation. The larger the obstacle, the lower this frequency becomes. The enclosure that 
holds the driver acts as the obstacle. The rule of thumb is that for spherical radiation, the wavelength being 
emitted must be greater than the circumference of a circle calculated using the radius of the smallest sphere 
that just encloses the source. That is,

λ ≥ 2πR
λ =  wavelength of frequency emitted
R =  radius of a sphere that completely encloses the source.
or

f ≤ c
2πR

f =  frequency of sound emitted

Example 1.2
Suppose a 12” driver is mounted in a box measuring 0.5m x 0.75m x 2.0m. From trigonometry, we find that 
the radius of a sphere that encloses this box by
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R =
l2 + w2 + h2

2
l,w,h =  length, width, height of enclosure

      [1.9]

Thus R = 0.67m and the wavelength must be greater than 2 πR so the highest frequency of omni-directional 
radiation is about 82 Hz. Therefore, the loudspeaker enclosure places another limit on how close we can 
come to the ideal loudspeaker.

1.8 Volume Velocity

Ultimately, the sound pressure level that a driver can generate is related to how much air the driver 
can move. The volume of air a driver can displace over a given amount of time is called the volume 
velocity and is measured in m3/sec. We use the uppercase U to denote volume velocity. A driver’s volume 
velocity is dependent upon three factors:

1. the surface area of the driver (SD)
2. the driver displacement (x)
3. the frequency of sound being emitted (f)

It is important to note that volume velocity is independent of distance away from the source. It is purely a 
function of the mechanical design and audio output frequency. Consider a 1 Hz tone applied to a driver. The 
driver will move back and forth once every second. Suppose the driver’s surface area is 0.628 m2 and the 
maximum peak excursion (xmax) of the driver is 1mm (0.001m). If the driver actually moves at its 
maximum excursion, what volume of air has been displaced during this one-second interval? It is the 
volume of air displaced during one waveform period times the number of cycles per second (frequency) of 
the audio signal:

   [1.10]

The fundamental problem with this equation is in measuring the displacement, x. It can be very difficult to 
accurately measure this distance while the driver is operating. Fortunately, we can relate the SPL measured 
at some distance from the source to the volume velocity and driver excursion as follows:

For Pressure (dbSPL):

      [1.11]

p = Uωρo

4πr
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For Excursion:

      [1.12]

NOTE: Volume velocity, pressure, and excursion may be measured as peak, peak-to-peak, or RMS, but you 
must stick to one kind of measurement to produce the correct result. 

Example 1.3
A driver has a piston radius of 10 cm (0.1m). Suppose a 100Hz sinusoid is applied to the driver. At a 
distance of one meter, we measure 92 dBSPL. What is the driver’s peak-to-peak volume velocity? What is 
the RMS excursion?

Solution:  

To calculate RMS excursion, we must first formulate the volume velocity as a RMS value:

Example 1.4
In Example 1.3, suppose we double the measurement distance from the source to 2 meters. What is the 
dbSPL at this distance? 

Solution: 

We already calculated the volume velocity to be Urms = 0.013 m3/sec. Using [1.4] we can solve backwards 
and find the pressure at a distance (r). 
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This result shows that by doubling the distance from our spherical source, the dBSPL drops by 6dB. 

The Particle Displacement ξ is found by:

ξ = p
ωρoc

or

ξp =
pp

ωρoc

ξp−p =
pp−p
ωρoc

ξRMS =
pRMS
ωρoc

As the wavefront passes by the particle, it is displaced first forward, then backwards like this:

At the surface of the driver’s cone, the particle displacement is the same as the driver excursion. As the 
wave propagates, it looses energy and the particle displacement falls off as the pressure drops. 

!p-p

compression

rarefreaction
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1.9 Acoustic Intensity

The acoustic intensity of a sound wave at a distance (x) away from a source is defined as the 
amount of acoustic power flow per unit area of a sphere of radius = x. The acoustic power is spread over 
the surface of the sphere. The driver emits the spherical wave with a certain, finite amount of power. As the 
sphere expands, this power is spread ever more thinly over its surface. As you increase your distance away 
from the driver, the sound volume decreases, getting softer and softer. The acoustic intensity tells us how 
“thinly” the power is spread over the sphere. The average acoustic intensity (IAVE) is found with:

  [1.13]

Example 1.5 
Calculate the average acoustic intensity in W/m2 of the spherical wave at a distance of 1 meter in Example 
1.3.

Answer:
The SPL was measured at 92 dB, therefore

Example 1.6 
Calculate the average acoustic intensity in W/m2 of the spherical wave at a distance of 2 meters in Example 
1.4.

The RMS pressure was found to be 0.3963 Pa. Therefore,

We see that as the distance from the source doubles, the acoustic intensity drops by a factor of four. This 
result is often generalized as the Inverse Square Law, which includes the result we found in Example 1.3. 

The Inverse Square Law states that the acoustic intensity of a spherical wave varies by the distance 
squared. A commonly used rule of thumb is that as the distance away from the source is doubled, the 
dbSPL drops by 6dB.
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1.10 Acoustic Power

The acoustic power of a sound wave is found by multiplying the acoustic intensity by the surface 
area of the radiated sphere. The area of radiation will be either the area of a sphere or hemisphere whose 
size depends upon the distance from the source. If you are 3 meters away from an omni-directional source, 
you are standing at the edge of a sphere with a radius of 3 meters. 

        [1.14]

When a loudspeaker enclosure is mounted flush on a large surface (e.g. mounted in a wall), almost all the 
power will be radiated on the front of the loudspeaker. Sound radiation cannot be spherical since the wall 
prevents it. In this case, radiation will be hemispherical. The emitted power will be spread over the surface 
of a hemisphere, effectively doubling the power.

       [1.15]

These can also be arranged as:

PAR =U
2
RMSRAR

RAR =
ω 2ρo

4πc
  spherical

RAR =
ω 2ρo

2πc
  hemispherical

You should note that just as in the case of volume velocity, the acoustic power radiated into the spherical 
wave is independent of the distance away from the source. Similarly, you can think of the spherical wave 
being emitted from the driver with a fixed acoustic power. As you move away from the source, the total 
acoustic power does not change. However, the acoustic intensity does change, since the pressure 
fluctuations decrease as the distance increases. In general, when we describe the “loudness” of a sound, we 
are describing its acoustic intensity, not acoustic power.

Example 1.7 
We would like to design a 10” driver to output one acoustic watt of power at across the entire audio 
spectrum of 20Hz – 20kHz, measured at a distance of 1 meter from the source. Assuming that radiation is 
spherical for all frequencies, this would mimic an ideal point source. What is the required peak-to-peak 
driver excursion at the two extreme frequencies, 20 Hz and 20 kHz? What is the particle displacement at 1 
meter at the two extreme frequencies, 20 Hz and 20 kHz?

Answer:
Rearranging [1.14 ] yields the required RMS volume velocity.
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The peak-to-peak driver excursion is found with [1.5] (remembering to convert the volume velocity into 
peak-to-peak form):

pp−p =
Up−pωρo
4π r

pp−p 20Hz =
2 2(0.482)(2π )(20)(1.18)

4π (1)
= 16.08Pa

pp−p 20,000Hz =
2 2(2.33x10−7 )(2π )(20, 000)(1.18)

4π (1)
= 0.0078Pa

ξp−p =
pp−p
ωρoc

ξp−p 20Hz =
16.08

(2π )(20)(1.18)(345)
= 0.00031m = 0.31mm

ξp−p 20kHz =
0.0078

(2π )(20, 000)(1.18)(345)
= 1.52x10−10 = 0.000000152mm

The 20 Hz excursion value is 1.9x109 the 20 kHz value! It is very difficult to design a mechanical system to 
be sensitive enough to these specifications. At the upper frequency limit, the driver must move back and 
forth accurately across 1.7 pico-meters, 20,000 times per second. At the lower limit, the same material must 
(accurately) move 1.9x109 times this distance. This, coupled with the fact that we desire spherical radiation 
leads to the design choice of multiple drivers mounted in a single enclosure. Typically, two or three drivers 
of various sizes are mounted in a box, creating two-way or three-way systems. The larger driver handles the 
lower frequencies with big excursions. The more rigid, higher mass woofers are able to move through the 
larger excursion range while pushing air without deforming. The more flexible lower mass tweeters are 
able to vibrate many more times per second accurately over small distances while retaining their shapes. 
Another option is the electrostatic loudspeaker that we will look at shortly.
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Example 1.8 
Suppose a loudspeaker outputs 0.75 W into a spherical wave. We cut a hole in a wall and mount the 
loudspeaker flush with the wall. What acoustic power is now radiated?

Solution: 
Since we’ve mounted the enclosure in a wall, it will only be able to radiate to the front side in a 
hemispherical manner. Examination of [1.10] and [1.11] shows that the acoustic power is doubled when 
radiating into a hemispherical area, so the resulting output power will be 1.5 W.

At first glance, this result is astounding – mount the enclosure in a wall and double your acoustic power 
output! In fact, if you mount the enclosure at the intersection of 2 walls, the radiation will be into one 
quarter of a sphere, and the power will double again. Mount the enclosure at the intersection of 3 walls, and 
the radiation is into one eighth of a sphere and the power doubles yet again. It appears that we are 
multiplying our power by decreasing the size of the radiation area. The caveat is that this only works for 
spherical sources. We saw in example 1.2 that a 12” woofer mounted in a realistically sized enclosure only 
radiates spherically at and below 82 Hz. By mounting our loudspeaker flush with the wall, we only double 
the acoustic power for 82 Hz and below. While more bass may be what some listeners prefer, in many cases 
the result will be muddy and less intelligible bass. On the other hand, for a loudspeaker with poor bass 
response, this technique could help boost the bass a somewhat.

1.11 Acoustic Reflections

The power doubling you just saw when you mount the source flush with a wall can also be shown by using 
the Acoustic Reflection property of a wave. Acoustic waves reflect the same way as light waves, where the 
angle of incidence equals the angle of reflection. First consider the case where a source is located some 
distance from a large structure like a wall. Note that it must be radiating omni-directionally too.

In this case, the pressure p is the sum of the two 
components p1 (direct) and p2 (reflected). 

Now consider moving the source closer and closer to the wall until it is almost flush with it:

p = p1 + p2 

p1
p2

p = p1 + p2 

p1
p2

p = p1 + p2 = about 2p1 

p1
p2
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As the source gets closer the wall, the two paths (direct and reflected) become basically equal. With the 
source mounted flush to the surface of the wall, they become identical and the pressure doubles at point p. 
This doubling in pressure gives the same doubling of acoustic power that we saw previously by radiating 
into a half-sphere. This would also yield a +6dB increase in dBSPL and a quadrupling of the acoustic power. 

What happens if we place the source flush with the corner of 2 walls? How about 3 walls? The answer is 
that every new wall doubles the pressure again. So, for the 4 cases (free-air, then with boundaries) we can 
summarize as follows (adapted from Leach):

Four possible cases for acoustic 
reflections: note the doubling of 
power and the quadrupling of 
intensity with each boundary 
addition. 

But, because the driver must radiate 
omni-directionally, these power and 
intensity boosts are generally going 
to be low frequency phenomena. 

Frequency cancellation/
reinforcement from acoustic 
reflections

If a source is not mounted flush with a wall (or floor or ceiling) the reflected sound may arrive out of phase 
with the direct sound causing cancellation. The frequency of cancellation occurs at a wavelength that is half  
of the difference between the direct path and the reflected path. The reinforced frequencies will occur at 
twice this value. 

The frequency that will experience cancellation occurs when the reflected path produces a time delay that 
puts the frequency 180 degrees out of phase with the direct path signal. Remembering that the angle of 
incidence equals the angle of reflection, you have to use a bit of geometry to find it. Considering just one 
surface, the frequency of cancellation is found with (Ballou):

 
    [1.17]

    

For example, consider a loudspeaker mounted on a pole 10 feet tall with a listener 50 feet away and exactly 
on axis with the loudspeaker (10 feet from the ground). In this particular arrangement, the angle that 
produces the correct reflection creates an equilateral triangle so the distances are simple to calculate. 

p
I
Par
dbSPL

2p
4I
2Par
dbSPL+6

4p
16I
4Par
dbSPL+12

8p
64I
8Par
dbSPL+18

fc = 0.5
c

dr1 + dr2 − ddir
ddir =  direct path

dr1 =  reflection path from source to surface

dr2 =  reflection path from surface to listening point
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The total reflected path is 26.9 + 26.9 feet = 53.8 feet. Using [1.15] the frequency of cancellation is 148.6 
Hz. 

One simple fix is to move the speaker down to the ground. The closer it is to the ground, the higher the first 
frequency of cancellation will occur, assuming that frequency could actually be radiated omni-directionally 
from the source. For large subwoofers with large drivers, the highest frequency of omni-directional 
radiation is going to be very low. 

1.12 Driver Directivity - Far Field

In Section 1.4.1 we observed that a piston-head would radiate omni directionally at and below the piston 
frequency, fpiston – the frequency whose wavelength equals 
the circumference of the piston. But what happens at 
frequencies above the fpiston? Directivity plots are used to 
describe the geometric shape of acoustic radiation. These 
directivity patterns are 2-dimensional geometric 
representations of wave propagation. Generally, the plots are 
made using polar coordinates such that 0o represents the 
position directly in front of the driver. This position is called 
“on-axis” or “incident” to the driver. The most widespread 
directivity plots are for a piston mounted in an infinite 
baffle. The ideal piston radiates hemi spherically on each 
side of the baffle (spherical when both halves are 
combined). For clarity, only one side of radiation is usually 
shown. 

Figure 1.5 shows the directivity plot for an infinite baffle-
mounted piston radiating at fpiston. As you move around the 

driver, deviating from the incident position, you are said to be “off-axis” from the driver. A listener standing 
anywhere within the hemisphere will hear the radiated sound. The boundary of the hemisphere marks a 
normalized contour of equal loudness. If you walked around the driver, staying on the contour, the apparent 
loudness would not change. 

Near Field vs. Far Field:

50 ft

10 ft

25 ft 25 ft

26.9 ft 26.9 ft
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      [1.18]

These directivity patterns are considered to be valid at the far-field distances. The equation that relates the 
pressure to the on/off-axis angle is (M. Leach):

p ∝
2J1(ka sinΘ)

ka sinΘ

p = pressure

J1(ka sinΘ) = a Bessel Function

ka sinΘ =
2πa
λ

sinΘ <- you can see the circumference vs. wavelength here

  [1.19]

Figure 1.6 below is adapted from Leo Beranek’s excellent text Acoustics, first published in 1954. It shows a 
plot of this equation, producing the directivity patterns for a piston mounted in an infinite baffle, radiating 
at six different frequencies, starting at the piston frequency, and increasing until the wavelength is 1/10th the 
circumference of the driver.

distFarField ≥
8a2

λ

distNearField <
8a2

λ
a =  piston radius

λ = wavelength of emitted sound
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Figure 1.6 graphically demonstrates the problem with trying to use a single driver to cover a broad range of 
frequencies. If the frequency continues to increase, the main lobe will continue to narrow, and multiple side 
lobes will form. Generally speaking, beaming and lobing are undesirable effects of piston radiation. 
Consider a large concert setting such as a stadium or arena. Because the audience is spread across a wide 
angle in front of the stage and is mostly in the far-field, chances are that some locations will be in the null 
spots in the directivity patterns. In order to get adequate coverage of a wide band of frequencies, multiple 
loudspeakers are often set up in arrays, fanning out and pointing in many different directions. 

Figure 1.6: Six directivity plots adapted from Beranek, op. cit. p.102. In (a) the wavelength equals the 
circumference (fpiston) and we clearly see the perfect hemisphere shape emanating from the piston. In 
(b), the frequency has been increased such that the wavelength is now half the piston circumference. 
The hemispherical shape begins to shrink at the extremes. As the frequency increases to λ=C/3 (c) and 
λ=C/4 (d) the main lobe continues to pinch off at the base. In (d), the patterns is said to begin 
“beaming” (like headlight beams) as the base pinches completely off. As the frequency in further 
increased, “lobes” are seen forming, as the main lobe continues to shrink in girth. A person standing 
about 45o off-axis in (e) would be in a dead spot, and would not hear anything at all! 
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1.13 Driver Frequency Response - Near Field

In the near-field, the Fresnel Diffraction Effect dominates the response. The diffraction is a combination of 
peaks and nulls in the frequency response caused by phase addition and cancellation. The peaks and nulls 
are called Maxima and Minima in the response. These peaks and nulls disappear outside the near-field. 

Consider the two cases above where a random listening position p is shown. The surface of the piston is 
vibrating at some frequency. In the Near Field case, the distances d1 and d2 are very different so phase 
cancellation or addition will occur depending on the distances and the frequency. However, in the Far Field 
case, the distances d1 and d2 are essentially the same so the diffraction effect does not occur. 

The on-axis Maxima and Minima distances (d) are given by (Leach):

  [1.20]

  

1.14 Microphone HF Response

The microphone’s directivity pattern is determined by the enclosure it’s mounted in, which we’ll get to 
later. The loudspeaker’s directivity pattern is a property of the driver (based on its circumference). 
Microphones also have a built-in consequence but it affects the frequency response more than directivity. 
Consider a microphone placed in a plane-wave field completely on-axis to the plane wave:

Low frequency waves strike the microphone’s diaphragm and then “bend” around it. 

pd1

d2

pd1

d2

Near Field

Far Field

p

d1

d2

On-Axis Fresnel Diffraction

d

Maxima:    d =
a2 − nλ

2( )2
nλ

  n = 1, 3, 5, 7, ...

Minima:    d =
a2 − nλ

2( )2
2nλ

  n = 2, 4, 6, 8, ...
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This is analogous to a  large low frequency ocean wave hitting a rock (think of a large rolling swell-wave): 

In this case, the rock breaks the wave, but it re-forms on the other side; it you’ve seen this, you’ve seen the 
water pour around the sides of the rock; that’s the bending. The bending happens when the rock is small 
compared to the wave, specifically the wavelength (λ).

High Frequencies strike the microphone capsule and then reflect back off of it like this:

The same thing happens in the ocean waves - high frequency surface chop is stopped by the rock and a 
shadow area forms behind it:

wavelength
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Here, the rock splits the waves and the shadow area forms behind it. In this case, the rock appears as a giant 
obstacle for the wave because its size is much larger than the wavelength of the surface chop. In the case of 
the microphone, the diaphragm looks like a large obstacle compared to the wavelength of the front. 

What can we observe about the reflected wave? At some distance from the capsule, the total pressure is a 
combination of the direct + reflected wave.  The closer you are to the capsule, the stronger the reflected 
component. 

Right at the surface of the capsule, the reflected component has the same magnitude as the direct 
component, so the pressure is doubled. This effect is gradual, increasing with frequency until the 
wavelength is small enough for the doubling to occur. Just as before, this doubled pressure should result in 
a +6dB increase in output for the microphones; indeed all microphones have this built-in high frequency 
boost mechanism. But there’s more: if the microphone’s capsule has sharp corners (as shown in this 
example and in most microphones) there is a secondary reflected component from the perimeter. 

The corner reflections are difficult to draw in a symbolic way but 
they do contribute to the total pressure at the surface of the 
capsule. At most, they add an additional +4dB for a total maximum 
of +10dB. 

This maxima occurs at the frequency whose wavelength equals the diameter of the diaphragm:

   [1.21]

Interestingly, instead of a continuous +10dB increase for frequencies above this, the response begins to 
decrease reaching a null point back at 0dB at the frequency whose wavelength equals the 1/2 the diameter 
of the diaphragm: 

D
λ = 2.0    [1.22]

As we increase the frequency further, the pressure increase forms again so that we get a set of maxima and 
minima at even and odd multiples of the first equation:

 [1.23]

P = P + PT D RP = 2PT D

D
λ = 1.0

Maxima:  D λ = 1, 3, 5, 7...

Minima:  D λ = 2, 4, 6, 8...
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These results are published in the Bruel & Kjaer Technical Manual No.1, 1959 and it includes the following 
diagram showing the phenomenon. The x axis is the normalized D/λ  ratio. 

You can see that the +10dB peak is reached at the ratio of 1.0 and +6dB at a ratio of 0.4 so it is easy to 
calculate the responses of various diameter microphones. Here are a few:

Diaphragm +3dB +6dB +10dB

1/2” 5.4kHz 10.8kHz 27.1kHz

3/4” 3.6kHz 7.2kHz 18.1kHz

1.0”

As an exercise, fill in the row for the 1 inch diaphragm! 

If you look at many frequency response plots for microphones you will often see a small hump in the high 
frequency portion, but not the kind of rise (starting at 3.6kHz for the 3/4” diaphragm) from the table. This is 
because many of the manufacturers are compensating for the increase with filtering (acoustically or 
electronically) to achieve the desired, flatter response. On the other hand, its good to note that microphones 
are generally already good at picking up high frequencies and that the larger the diaphragm, the more 
significant the potential effect. 

Perhaps the most important ramification is in the way the frequency response will change with the 
orientation of the microphone: at 90 degrees off-axis, the waves are perpendicular to the diaphragm. So, 
there will be a reduction of high frequencies as you move off axis.

 21 Copyright (c) 2001 Will Pirkle



log(f)

dB

+10

0

-10

-20

-30

-40

-50

-60

100k10k1k10010

0 on-axiso

45 off-axiso

90 off-axiso

Hz

 22 Copyright (c) 2001 Will Pirkle



 23 Copyright (c) 2001 Will Pirkle



2 Modeling Acoustic Systems with Electrical Systems

Components: Variables

Acoustic Systems: - boxes/enclosures/cavities - pressure

- tubes - volume velocity

- screen meshes/holes - radiation impedance (resistance)

- vents

Electric Systems: - resistors - voltage

- capacitors - current

- inductors - impedance (resistance)

- voltage sources

- current sources

Volume Velocity

Notice that the equation for Acoustical Power Radiation is very similar to electrical power:

 
PAR =URMS

2 RAR
PE = I2R

Could we equate Volume Velocity with Current? Current and Volume Velocity are defined as:

U =
volume flow

time

I =
charge flow

time

So there is an automatic connection; if charge were analogous to volume, this would work so let’s go with it. So far 
we have:

I = volume velocity

Pressure

Acoustic Pressure is high when many air particles are crammed together and low when the particles are spread apart. 
In Electronics, Voltage is the amount of charge separation - the more electrons you have separated from their 

1



electron-deficient neighbors the higher the voltage. If we make air particle compaction analogous to charge 
separation, then we can model Pressure as Voltage. Now we have:

V = pressure
I = volume velocity

Resistance

Air resistance is a non-frequency dependent opposition to air particle flow. Examples include fine mesh screens, 
cloths, and plates with very tiny holes drilled in them. Because the opposition is not frequency dependent, we can 
directly model the air resistance with an electrical resistor. But will this satisfy ohms law? 

Consider a high air pressure on one side of a screen mesh. Air particles always want to move from an area of higher 
pressure to an area of lower pressure. So, there would be a flow of a volume of air through the screen which would 
resist it and limit the volume flow. This is identical to an electrical circuit with a potential (voltage) connected to a 
resistor. Current flows and the resistor limits the charge flow.

Sources

A pressure source becomes a voltage source, and there are 2 types: dependent and independent. The dependent 
version has an extra variable that links its instantaneous value to some other parameter - it is a source that is being 
controlled by something else.

Likewise, a volume velocity source becomes a current source that produces a pressure differential across the 
acoustic load impedance:

P U

R RI

V

p Acoustic 
Load

U

Z xp
Acoustic 

Load

U

Z

Acoustic 
LoadU Z xU

Acoustic 
LoadZp p
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If the acoustic load was purely resistive, like the screen mesh or plate with tiny holes, the impedance block could be 
replaced with a resistor component.

Ohm’s Law

Ohm’s Law then becomes:

Enclosures/Boxes/Cavities

An enclosed box of air is relatively uninteresting until you try to compress or expand the air within it. Consider a 
loudspeaker mounted in a sealed box. When the driver pushes backwards, it compresses the air in the box and a 
resistance builds up. When the driver pulls out, it forms a vacuum and an opposing resistance builds up. We call this 
a pneumatic air-spring. And it is immediately clear that the resistance can swap polarities - it is an AC resistance or 
impedance that is happening. 

The force that the air spring generates is:

where k is the spring constant. The value of k tells you how stiff or loose the spring is - high values indicate high 
stiffness. In acoustics, they use another variable called compliance which is exactly the opposite - high compliance = 
a loose spring. Mechanical Compliance is:

With a bit of calculus:

f = kx = 1
CM

x

f = 1
CM

udt∫
u  = velocity

Electric :

V = IZ

Acoustic

p = UZ

f = kx

CM =
1
k
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We also know that:

Remember that dividing the Volume Velocity (m3/s) by the surface area (m2) gives you the velocity (m/s). Now we 
let force become pressure and convert velocity to volume velocity and mechanical compliance to acoustical 
compliance:

If we assume the volume velocity is fluctuating sinusoidally, then we can write it like this:

U = U0e
jωt

then

U0e
jωt

∫ dt =
1
jω
U0e

jωt

so

U∫ dt =
1
jω
U

then:

p =
1

S2CM

1
jω U

let

CA = S2CM
then

p =
1

jωCA
U

p =
f

S
p =  pressure

S =  surface area

and

u =  
U

S
or

u =
1
S
U

p =
f

S
=
1
S

1
CM

1
S

∫ Udt

=
1

S2CM
U dt∫
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Since the acoustic Ohm’s Law is p = UZ, then we are looking for an electronic component that has an impedance 
that is inversely proportional to frequency = a capacitor. 

Whenever you model an acoustic compliance with a capacitor, one side must always be connected to ground! 

The value of the cap depends on the volume of air in the enclosure:

CA =
V
ρoc

2

Tubes/Ports/Vents

An Acoustic Mass is a volume of air that can be accelerated without being compressed. The air in our box gets 
compressed so it has no acoustic mass. Air inside of a tube that is open at both ends can be moved without being 
compressed. There is an acoustic mass of air in a tube like this. If the tube has a length l and a cross sectional area S, 
then the volume in the tube is Sl. The mechanical mass of air is the density (mass/volume) times volume or

If the air is moved with a velocity u, then the force is

ZA =
p
U

ZCA =
1

jωCA

f,u p,U

CA

p

Acoustic 
Compliance U

CA

pressure
in box 

measured 
relative to 0 Pa

voltage 
across cap 
measured 

with respect 
to 0V (gnd)

MM = ρoSl

f = mA
= MmA

= MM
du
dt
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since

p =
f

S

then

and

so we can write

Now, we make the same assumption that the volume velocity is sinusoidal:

U = U0e
jωt

dU
0
e jωt

dt
= jωU

0
e jωt

dU

dt
= jωU

then 

now define the Acoustic Mass like this:

f = MM
du
dt

p = 1
S
MM

du
dt

u =
1
S
U

p = 1
S
MM

du
dt

=
1
S
MM

d(1
S
U )

dt

=
1
S2
MM

dU
dt

p = 1
S2
MM

dU
dt

=
1
S2
MM jωU
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and

We need a component whose impedance is directly proportional to frequency - an inductor.

For the air in the tube to be considered an acoustic mass, the wavelength must be:

We are almost always going to make this assumption unless specifically noted. 

The simple equation to find the acoustic mass is:

However a more accurate value can be obtained by taking into account that the air is kind of sticky and the actual 
mass sticks to pieces of air just outside the tube:

Correction factors are needed to accommodate the extra pieces of air mass 
sticking outside the tube ends. There are two equations, one for an un-flanged 
end the other for a flanged end. The diagram at the left shows a tube with 2 un-
flanged ends. A flanged end occurs when you mount the tube so that one end is 
flush with a hole in an enclosure, like the vents you see on loudspeakers.

MA =
1
S2
MM

p = jωMAU
so
ZMA = jωMA

p

Acoustic 
Mass U

MA
Mp1 p2

p

λ ≥ 8l
l = length of tube

MA =
ρol
S

M

correction factors for extra 
masses
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The equations are:

l f = 0.8488
S
π

luf = 0.6132
S
π

so the tube on the left would have one flanged and one un-flanged end - its total length would be:

l = l + luf + l f

Tube Variations

Infinitely Long Tube

You saw that in order for the tube to act as an acoustic mass-trapper, the wavelength of the sound had to be at least 8 
times the length of the tube. What happens if the tube is very, very long - infinitely long? The reason that the 
acoustic mass is frequency dependent is because a standing wave is set up in the tube - the air particles bounce off of 
the air mass at the end of the tube and reflect back and forth. With an infinitely long tube, there is no reverse or 
reflected wave and therefore no dependence on frequency, thus we can model it as an acoustic resistance instead:

 

Long Tube Closed on One End

A long tube closed on one end acts as both an acoustic mass trapper and a compliance if its length is greater then one 
tenth the wavelength of the sound of interest.

l > λ
10

 

flanged endun-flanged end

RA

U

p RA =
ρoc
S

S =  cross sectional area of tube/vent

MA

CA

U

p

MA =
ρol
3S

CA =
V
ρoc

2
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Note that the equation for acoustic mass has the 3 in the denominator; it is slightly different than the regular 
equation. Also note that the other end of the cap isn’t connected to ground - its not needed in this case because of the 
tube.

Example (from Leach):

A loudspeaker is mounted in a hole in a wall. One side of the speaker 
radiates out emitting a spherical wave into half-space. The back side is 
connected to an infinitely long tube. At 3 meters from the front side we 
measure 80dBSPL for a 200 Hz sinusoid. What is the acoustic power 
radiated to each side?

Solution: To find the power radiated to the front, first convert 80dBSPL to  
RMS pressure:

pRMS = 0.2Pa

Next, find the average Intensity:

IAVE =
p2RMS
ρoc

= 9.83x10−5W
m2

The power radiated to the front is the Average Intensity multiplied by the surface area of radiation - a hemisphere:

PAF = IAVEAHEMI

= IAVE2π 3
2

= 5.56mW

To find the power radiated to the rear, find the Volume Velocity square it, and multiply it by the Radiation Resistance 
- in this case a single resistor value. The Volume Velocity is found by re-arranging the equation that relates Power 
and Volume Velocity when driving a hemisphere:

URMS =
2πcPAF
ω 2ρo

= 2.54x10−3m3

s

The Radiation Resistance of the infinitely long tube is:

RAB =
ρoc
S

The Power delivered to the tube is:

PAR =URMS
2 RAB = 0.335W

This is more than 60 times the amount radiated to the front. It is much more efficient to radiate into a tube, which is 
where horns (long tubes with flanged ends), stethoscopes, and submarine communications systems come from.

PAFPAR
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Helmholtz Resonator

A Helmholtz Resonator consists of a tube connected to an enclosure - the familiar soda-bottle trick where you blow 
air across the hole to create a tone uses this principle. The tube traps a mass of air in it. The enclosure (cavity) acts as 
an air-spring. The mass of air will vibrate back and forth against the spring under the correct conditions.

Symbolic diagram of the HH Resonator

Mechanical Equivalent

Electrical Equivalent

the Resonant Frequency is found with:

Challenge: prove this equation (hint use the impedance looking into the tube and some basic rules of electronics)

MA CA

MM

CM

MA

CA

ZA

U

fHH =
1

2π MACA
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Acoustic Filters

Any number of electronic RLC filters can be fashioned into their acoustic counterparts. Various connections of 
tubes, chambers and screens can be used. For example,what kind of filter is this:

Can you see that the equivalent circuit is this:

What kind of filter is it? It is a 3rd order Resonant Lowpass Filter; the resonant frequency is controlled by the 3 
reactive components and the Q is controlled by the resistor in combination with the inductors.

The Impedance of Air

Air is invisible but it still has mass and because of its chemistry, its own way of compressing and expanding. Air is 
viscous like water, but we are designed not to notice the 1 atmosphere of air pressure present on our skin. The 
impedance of air changes depending on the source - what is radiating into the air load? The solution to find the 
circuits is very difficult in some cases and is outside the scope of this book. In all cases, the air-load that a vibrating 
entity feels has both real (resistive) and imaginary (reactive) parts at the same time. 

Air Load on the Surface of a Spherical Wave
As the surface of a spherical wave pushes against the air load around it, it feels both a purely resistive opposition 
and a reactive one due to the acoustic mass of air it pushes. The circuit and equations are:

MA =
ρo

4πr

RA =
ρoc

4πr2

r =  radius of sphere

Input Output

wire mesh

MA1 CA

Input Output

MA2

RA

RA

MA1

CA

MA2

MARA

U

p

ZA
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Air Load on a Piston in a Baffle
Mounting a piston in a baffle (large surface like a wall) forces hemispherical radiation. This is what we care most 
about since most speakers are mounted flush with a surface. If the surface is large enough to block the lowest 
frequency of interest it could be consider a baffle. The solution for this circuit is extremely complicated - it has a 
high shelving filter portion and a HPF portion.

MA =
8ρo
3π 2a

CA =
5.94a3

ρoc
2

RA1 =
0.4410ρoc

πa2

RA2 =
ρoc
πa2

Air Load on a Piston at the end of a Tube
If the baffle isn’t large enough (like the front of some small bookshelf speakers) then what do we do? It becomes 
very difficult to estimate the answer. But in the worst case scenario if the enclosure was folded all the way back on 
itself, it would become a tube. The circuit for the air load on a speaker at the end of a tube is identical to the one 
above in the baffle case, only the component values are changed:

MA =
0.6133ρo

πa

CA =
0.55π 2a3

ρoc
2

RA1 =
0.5045ρoc

πa2

RA2 =
ρoc
πa2

So the air-load a given loudspeaker in an enclosure feels on it will also have the same circuit, but the component 
values will be somewhere between the two above cases.

MA

U

p

ZA

RA1

RA2

CA

MA

U

p

ZA

RA1

RA2

CA
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3 Modeling Mechanical Systems with Electrical Systems

Components: Variables

Mechanical Systems: - masses - force

- springs - velocity

- surface friction - friction

- molecular (internal) friction

Electric Systems: - resistors - voltage

- capacitors - current

- inductors - impedance (resistance)

- voltage sources

- current sources

Impedance and Admittance

The fundamental difference in approach for modeling mechanical systems is that we need to consider not only the 
impedance analogs (for example, the acoustic Impedance of a mass of air in a tube is modeled by an Inductor) but 
also the admittance analogs. Since the admittance Y = 1/Z, its very easy to swap components:

Impedance Admittance

V I

I V

R 1/R

L C

C L

circuit mesh loops circuit nodes

circuit nodes circuit mesh loops

So in this section, each component will have 2 types: and Impedance analog and an Admittance analog. The 
Admittance analog is also called a “mobility analog.”

1



Velocity

Current and Velocity are defined as:

u =
distance

time

I =
charge flow

time

We could make Current the analog of Velocity in a mechanical system; if charge were analogous 
to distance, this would work so let’s go with it. The velocity will need to be able to be sinusoidal 
so the mechanical symbol is a wheel on an axis with a rotor; it turns with an angular velocity 
with frequency ω. Generally, one side will be fixed but this does not have to be true and 
occasionally will not be. 

Mechanical Component Impedance Admittance

Velocity (u) Current (I) Voltage (V)

Force

Force is pressure*area. In Electronics, Voltage is the amount of charge separation - the more electrons you have 
separated from their electron-deficient neighbors the higher the voltage. We already saw that pressure is analogous 
to voltage in acoustics, so we could make the case that since force is directly proportional to pressure, in mechanics 
we could model Force as a voltage.

This is the mechanical symbol for a force generator (aka Force Source). It has 2 velocities u1 
and u2 at each terminal. The force source pushes one end (u1) while pulling the other (u2). 
This is analogous to a Voltage source that pushes electrons from one terminal and and pulls 
electrons from the other. 

Mechanical Component Impedance Admittance

Force (F) Voltage (V) Current (I)

u1

u2

!

u1

u2

f

+

-
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Friction

Mechanical friction (surface friction or internal mechanical friction between molecules when a material is bent, 
twisted, flexed or otherwise distorted in shape) is considered to be non-frequency dependent under ideal conditions. 
The simplest mechanical model is a car’s shock absorber. The shock absorber has two different velocities on each 
end (usually one end is fixed, but this doesn’t have to be the case):

The mechanical symbol for Friction is the shock-absorber. A force across it produces two velocities at 
its two ends. 

The equation that relates everything is:

f = RMΔ(u)
= RM (u1 − u2 )

The impedance analog is a resistor and the admittance is a resistor of value 1/R

Mechanical Component Impedance Admittance

Resistance Resistor (R) Inverse Resistor (1/R)

Sources

The relationships between force, velocity and impedance follow Ohm’s Law so the relationships between the 
various types (force, velocity in both impedance and admittance) are:

u1

u2
f

+

-

f Mechanical 
Load

u

Z xf

u

Z

f Z xf Z

Mechanical 
Load

Mechanical 
Load

u1

u2

Mechanical 
Load

u1

u2

Force Sources (IMPEDANCE)

Force Sources (ADMITTANCE)
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Ohm’s Law

Ohm’s Law then becomes:

Springs

A force on a spring causes the spring to compress or expand depending on the direction of the force. The two ends of 
the spring move at different velocities. The spring exchanges energy with the force source; during compression it 
stores the energy and during expansion it returns it. 

The force that the spring feels is:

where k is the spring constant. The value of k tells you how stiff or loose the spring is - high values indicate high 
stiffness. In acoustics, they use another variable called compliance which is exactly the opposite - high compliance = 
a loose spring. Mechanical Compliance is:

If the spring is compressed with one end fixed (so that its velocity is 0), the displacement is Δx:

u Z xu ZMechanical 
Load

Mechanical 
Load

Velocity Sources (IMPEDANCE)

u Mechanical 
Load

f

Z xf

f

Z Mechanical 
Load

Velocity Sources (ADMITTANCE)

f

+

-

f

+

-

u1

u2

u1

u2

Electric :

V = IZ

Mechanical

f = uZ

f = kx

CM =
1
k
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 !x

However, the spring does not need to be fixed at one end. If it is not fixed at one end, then there are two 
displacements and you still have a Δx. 

!x = x1 - x2

x1

x2

With x = Δx and a bit of calculus:

f = kx = 1
CM

x

f = 1
CM

udt∫
u  = velocity

If we assume the velocity is fluctuating sinusoidally, then we can write it like this:

u = u0e
jωt

then

u0e
jωt∫ dt = 1

jω
u0e

jωt

so

u∫ dt = 1
jω
u

then:

f =
1

jωCM
u

Since the acoustic Ohm’s Law is f = uZ, then we are looking for an electronic component that has an impedance that 
is inversely proportional to frequency = a capacitor. 
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Masses

Force and mass are related by Newton’s Second Law:

Now, we make the same assumption that the velocity is sinusoidal:

u = u0e
jωt

du0e
jωt

dt
= jωu0e

jωt

du

dt
= jωu

then 

ZM =
f
u

ZCM =
1

jωCM

f = mA
= MmA

= MM
du
dt

f = jωMMu

so
ZMM = jωMM
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f

+

-

CM

Mechanical 
Compliance 

(spring)

CMf

+

-

u

Impedance
Analog

CM

f

u

+

-

Admittance
Analog



We need a component whose impedance is directly proportional to frequency - an inductor.

Note that the mechanical and impedance analog are grounded on one side. This is because the velocity on the mass 
is measured with respect to 0 (rest or stand-still) so the velocity drop across the inductor must also be measured with 
respect to ground. The admittance version swaps grounded for non-grounded states. 

Converting Mechanical Diagrams into Circuits

Converting the mechanical systems to electrical circuits is a bit more involved that in the Acoustics version. When 
converting Acoustic systems, you can simply follow the pressure and volume velocity through the tubes, cavities 
and resistances directly and write the circuit (see the Helmholtz Resonator and Acoustic Filter sections). However, in 
Mechanics, you must first create the Admittance circuit. Then, you convert it to an Impedance (normal) circuit using 
the same principles you learned in EE101 - you swap component types and turn loops into nodes and vica versa. The 
process for converting a mechanical diagram is in two general steps, each with sub-steps:

1)  convert the mechanical drawing to an Admittance Circuit

2)  convert the Admittance Circuit to an Impedance Circuit (this is a normal EE “trick”)

The best way to show this is by doing examples.

Consider this diagram:

This diagram shows a sinusoidal force-source pushing and 
pulling on a mass M1 which is connected to the spring C1. The 
friction resitance R1 exists between the block and the floor. 

Converting Mechanical Diagrams into Admittance Circuits

STEP 1:  Identify all the different velocities in the system. The rules to use are:

- The walls and floor have zero velocity 
- A mass will have the same velocity on each side since it can’t compress. All the other components and sources may 

have different velocities on each side but not necessarily. Often, they will be attached to a wall/floor.

Mechanical Mass 
(box)

MMf

+

-

u

Impedance
Analog

MM

f

u

+

-

Admittance
Analog

M

f

u

+

-

M1

C1

R1

f +-
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This digram has 1 velocity (plus ground or zero-velocity):

Aside from the u=0 parts, there is only one velocity. It must be 
the same on each side of M1.

STEP 2:  Draw a horizontal bar for each velocity, plus another one at the bottom for ground (zero-velocity): 

STEP 3: Attach each mechanical component to the velocities in question keeping the orientation of each the same as 
the mechanical drawing: 

Notice the orientation of the force source, maintaining the 
polarity across the two velocities. 

STEP 4: Convert each mechanical component into its Admittance component directly, preserving the relationships 
of polarity, etc. Also, add the ground node at u = 0:

At this point, the Admittance circuit is complete.  Note that 
the resistor value is 1/R1.

M1

C1

R1

u1
u=0

f +-

u=0
u1

u=0

u1

M1

u=0

u1

f R1 C1

+

-

f

u=0

u1

C1f M1 1/R1
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Converting  Admittance Circuits into Impedance Circuits

Note - this is purely electronics - there’s no physics involved and this step-by-step process is guaranteed to produce 
the Impedance analog (when followed properly)

STEP 1:  Place a DOT inside of each mesh loop and number it. Also, place a dot outside the whole circuit 
(anywhere) that will represent the ground node. 

STEP 2:  Draw a line to connect each dot so that you only draw one line through each component. A dot may be 
connected to more than one dot, but each element will have only one line through it:

Notice that each element has only one line through it.

STEP 3:  Do the Admittance/Impedance Swap:

- the mesh loop numbers become nodes in a circuit - draw the skeleton:

The gaps between the nodes are where the components will 
get slotted-in.

u=0

u1

C1f M1 1/R1
1 2 3

4

u=0

u1

C1f M1 1/R1
1 2 3

4

1 2 3

4
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- connect the components between the nodes that were originally between the mesh loop dots AND swap the 
component types. The components are the ones with a line drawn through them:

Admittance Impedance

I V

V I

1/R R

C L

L C

Example:

Between dots 1 and 4 we have a current source, so between nodes 1 and 4 we have a voltage source:

Conversion has started. Now do the rest:

Here’s the final circuit.

STEP 4:  Do a check: the old circuit had 3 loops plus ground, the new one has 3 notes plus ground. The old circuit 
had one giant node (u = u1) and the new circuit has one giant loop. 

What kind of circuit is this? Its is a 2nd Order Band Pass Filter with a series RLC circuit. This mechanical system 
will resonate at the same frequency as the analogous electrical circuit and with the same damping factor (Q) as the 
electric one. For this circuit, those values are:

1 2 3

4

f

1 2 3

4

f

M1
R1

C1
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The mechanical system equations are the same as the electrical system equations. 

More Examples:

Try this one:

M2

M1

C1

R1

R2

f +-

STEP 1:  Identify all the different velocities in the system. 

Notice there are 2 non-zero velocities, u1 and u2 which are on 
different masses; this is because the masses are not physically 
connected. 

The resistance R1 is between u1 and u2 and R2 is between u2 and 
ground. This is because u1 is “stuck” to M1 and u2 is stuck to M2.

fc =
1

2π M1C1

Q =
1
R

M1

C

M2

M1

C1

R1

R2

f +-

u=0

u=0

u1

u2
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STEP 2:  Draw a horizontal bar for each velocity, plus another one at the bottom for ground (zero-velocity): 

STEP 3: Attach each mechanical component to the velocities in question keeping the orientation of each the same as 
the mechanical drawing. Remember, masses are always connected to ground at one end! 

This might look funny at first but you can verify that 
the proper components connect to the proper 
velocities.

STEP 4: Convert each mechanical component into its Admittance component directly, preserving the relationships 
of polarity, etc. Also, add the ground node at u = 0:

Converting  Admittance Circuit into Impedance Circuit

STEP 1:  Place a DOT inside of each mesh loop and number it. Also, place a dot outside the whole circuit 
(anywhere) that will represent the ground node. 

u=0

u1 u2

u=0

u1 u2

f M1 M2

R1

R2 C1

+

-

f

u=0

u1 u2

f M1

1/R1

M2 1/R2 C1
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STEP 2:  Draw a line to connect each dot so that you only draw one line through each component. A dot may be 
connected to more than one dot, but each element will have only one line through it:

STEP 3:  Do the Admittance/Impedance Swap:

- the mesh loop numbers become nodes in a circuit - draw the skeleton:

1 2 3

4

4

- connect the components between the nodes that were originally between the mesh loop dots AND swap the 
component types. The components are the ones with a line drawn through them:

1

u=0

u1 u2

f M1

1/R1

M2 1/R2 C1
2

3 4

5

1

u=0

u1 u2

f M1

1/R1

M2 1/R2 C1
2

3 4

5
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STEP 4:  Do a check: the old circuit had 4 loops plus ground, the new one has 4 nodes plus ground. The old circuit 
had two nodes, the new one has two mesh loops.

Homework:

Verify the following Mechanical and Electrical Circuits are equivalent:

(1)

Mechanical

fM1 M2

R1 R2

Electrical:

f

R1 M2

R2M1

1 2 3

5

4

f
C1R1

R2
M1 M2

u1 u2
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(2)

Mechanical:

f

M1

M2

M3

u1

Electrical:

M1 M2

R1

C1

R2

M3

C2 fu1

15
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4 Transducer Modeling

In the last chapter, we examined the properties of sound waves that transducers convert either to or from 
electrical signals. Our end goal is to be able to predict the resulting frequency responses, acoustic output 
power, and efficiency of transducers in various enclosures. For a loudspeaker, the enclosure is the box that 
holds the driver. For microphones, the enclosure is sometimes called the capsule. We will find that our end 
goal is dependent upon the electrical and mechanical properties of the raw transducer itself, the mechanical 
and acoustic properties of the enclosure that holds it, and the physical and chemical properties of the air 
that acts as the wave propagation medium. Combining all these different disciplines together can be a 
daunting task. If we wish to predict the frequency response of a loudspeaker, then we need to be able to 
accurately describe its motion as a function of its frequency of oscillation. Traditionally, when faced with 
motional (dynamics) problems, we turn to traditional Newtonian physics. The Newtonian method involves 
first quantifying and qualifying all the forces acting on the system. Next, the sum of all the forces is set to 
zero (since all forces must have an equal and opposing force), and the dependent variable of choice 
(frequency here) is derived. In the field of transducers, the Newtonian method fails due to the complexity 
and interdependency of the forces and mechanics involved. Fortunately, there is a much easier way to 
generate frequency response and power predictions. This method uses electronic circuits to model the 
behavior of the complex electrical/mechanical/acoustical system. We’ve already seen how to calculate 
frequency response plots from circuits, so all we really need to do is define the circuit modeling technique.

 Transducers have three distinct types of functional parts: electrical, mechanical and acoustical. 
When analyzing a transducer system, we look at each of these three parts separately, and then combine 
them together in a complete system. One or more of the three basic electrical elements – resistors, 
capacitors, and inductors, will be used to model each of these parts. We can break the parts down as 
follows:

Electrical
• resistance 
• capacitance 
• inductance 

Mechanical
• friction 
• springs
• mass

Acoustical
• air resistance 
• pneumatic air springs 
• air masses trapped in tubes or vents

In this chapter, we analyze the two most widely used transducer types, and identify the electrical and 
mechanical functional parts. We will finish the process by adding the acoustical parts when we design the 
enclosures. 

Theile-Small Parameters
Richard Theile and Robert Small helped develop some of the theory of transducer enclosures. The 
electrical, mechanical, and acoustical parameters of a driver are called the small signal or more commonly, 
the Theile-Small parameters. Transducer manufacturers will test and specify the Theile-Small parameters 
for their products. The parameters are abbreviated such as RE, the Electrical Resistance, or MMD, the 
Mechanical Mass of the Diaphragm. We will identify several T-S parameters in this chapter, and more in 
the chapters to come.
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4 Transducer Overview

Transducers must convert electric energy to acoustic energy. This ultimately involves converting an 
electrical signal to and from a force on a diaphragm. For a driver, the audio amp delivers the electrical 
signal to the transducer, which converts it to a force on a diaphragm (piston). The piston pushes and pulls 
the adjacent air particles. The air is a viscous, elastic medium and it opposes the piston’s force. We call this 
opposition the “radiation resistance” or “impedance.” We often say that the air is the “load” into which the 
piston delivers its power. The air load is more complex than a simple resistance, as in op-amps. It will be 
modeled with several electrical components.

Drivers

Figure 4.1: A conceptual diagram of 
an audio output transducer (driver). 
The electrical input signal is 
converted to a force on a piston that 
creates the sound waves. The air load 
on the piston provides a load 
impedance into which the piston 
delivers its acoustic power.

Microphones

For a microphone, we simply reverse the diagram. Vibrating air particles provide force on a piston. The 
transducer converts the force into an electric output signal. The input impedance of the connecting device 

(usually a high gain amplifier) 
provides the load that accepts the 
electrical output power. 

Figure 4.2: A conceptual diagram of 
a microphone transducer. The 
output signal is a voltage dropped 
across the connecting device’s input 
impedance. 
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4.1 Fundamental Transducer Types: Moving Coil

There are two main types of transducers in wide use in audio called electromagnetic and electrostatic 
transducers. Electromagnetic transducers rely on Faraday’s Law, which involves magnetic fields and 
induced currents. 

By far and away, the most popular is the electromagnetic or 
moving coil transducer. For loudspeakers, the audio 
amplifier injects AC current (the audio signal) into a coil of 
wire immersed in a magnetic field. Faraday’s Law shows 
that the current will set up a magnetic field around the coil. 
This field attracts or opposes the immersion field causing 
the coil to move. The coil is glued to the speaker’s 
diaphragm, or cone so that the cone moves in response to 
the current in the wire. 

For microphones (commonly called dynamic mics), 
the system is simply reversed – air particle pressure 
and/or velocity causes a diaphragm to move. The 
diaphragm is connected to a coil of wire immersed in 
a magnetic field. The motion of the coil induces a 
current in the wire. This current is the audio output 
signal for the microphone. 

The magnet/coil combination is called the motor. The magnet is 
radial (circular) with the north and south engs located at the top 
and bottom of the ring. 

At the left are some magnets for loudspeakers. Microphone motors 
are essentially the same but on a much smaller scale. The gap is 
the ring you can see which appears to be cut into the top plate. 
Actually, it is assembled that way as follows:

Figure 4.3: Conceptual diagram of a moving coil driver

Figure 4.4: Conceptual diagram of a moving coil (a.k.a. dynamic) microphone.

the gap
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In this cut-away view you can see how the air 
gap is actully formed using a ring plate that is 
slightly smaller in diameter than the magnet’s 
interior. The Pole Piece sticks up from the Back 
Plate. 

The magnetic lines of flux (B) shown here flow 
from North to South; the bottom plate is 
connected to the Pole Piece so flux flows from 
the center ourward radially. 

The voice coil of the speaker is made from wire wrapped around a 
cardboard tube called the voice coil form. 

Leads from the coil run up along the base of the cone (or diaphragm) 
and then come out of holes on the side of it. 

The coil sits inside the gap so that it is immersed in the magnetic field 
that the magnet produces. 

In this cut-away view you can see that the coils of 
wire sit perpendicular to the lines of flux. It is the 
perpinduclar arrangement that allows the motor to 
produce a force on the diapragm (for a speaker) or 
allows the diaphragm to induce a current in the 
coil (microphone). 

Also shown is a pressure equalization hold drilled 
through the center of the assembly to prevent any 
kind of compliance being formed in the chambers 
between the plates. 

voice coil

N S

N S

S

N

coil gap

voice coil 
form

top platebottom 
plate

pressure 
equalizatio

n hole
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To understand how it works, consider the loudspeaker 
version: an AC current is injected into the coil. Following the 
right-hand-rule from physics (see picture to the left), a 
magnetic field is induced in the wire. The field is torroidal 
(circular) arround the wire and the polarity of the field dpends 
on the direction of the current. In this case the flux lines are 
flowing counterclockwise. Reverse the current direction and 
the flux lines also reverse as the polarity of the field switches. 

Consider just one half of the motor: suppose the 
current is coming out of the page and the flux lines are 
counter clockwise (solid) and at the same time the 
magnet’s flux lines (dotted) are also counterclockwise. 
The two similar fields will repel each other producing 
a force f on the coil assembly:

f = Bli

where B is the flux-density of the magnet and l is the 
length of wire immersed in the field (the combined length of all the coils in the gap). 

Now consider both halves: if the current is coming out of 
the page in the top half, it is going into the page in the 
bottom half so the flux lines are reversed, but so are the 
flux lines in the magnet (follow the route from north to 
south). The same opposition occurs to the like-polarity 
fields and the same force pushes outward. 

N S

f 

N S

N S

f 

f

 5 Copyright (c) 2000 Will Pirkle



When the current reverses direction, the fields switch direction so that 
they are opposite from before, but the speaker’s flux direction is 
constant. So now the (opposite) fields attract each other and the voice 
coil gets pulled inward with the same, but opposite directional force. 

In the case of a microphone, the same situation exists but completely in reverse following the other half of 
Faraday’s law. An inward force on the coil caused by pressure or velocity fluctuations of the air it’s 
diaphragm is connected to will cause the coil to move with a velocity u. This velocity will induce a current 
i in the coil. Lenz’s Law states that this current is set up in the direction that opposes the current that set up 
the field to begin with. When connected to a load impedance (the input impedance of the microphone 
preamp it is connected to), a voltage e will drop across the load. The voltage is:

e = Blu

where B is the flux-density of the magnet and l is the length of wire immersed in the field and u is the 
velocity. 

4.2  Back EMF

Moving coil transducers suffer from a condition known as Back EMF (Electro Motive Force) sometimes 
called inductive kickback. The problem is that Faraday’s Law is working both for and against the driver. 
When an AC current is injected into the coil immersed in a magnetic field, another magnetic field is 
generated around the coil. As the coil moves in or out in response, Faraday’s Law goes to work again – it 
says that a moving coil in a magnetic field will have a current induced in it. In other words, a current makes 
the coil move which induces a current that opposes the first one. Consider the first case above when the 
current in the top half of the magnet was coming out of the page (magnet flux lines are hidden for clarity):

N S

N S

f

f

N S

f = Bli 

1) injected current 
produces this field

2) which produces 
the outward force 

on the coil
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Note that the faster the change in current (think transient edges here), the higher the Back EMF. Back EMF 
produces a force on the diaphragm that is exactly opposite to the force we are trying to generate on the air 
particles. Fortunately, the Back EMF component is generally not as large as the forward force, so the driver 
will still be able to move. Back EMF causes a loss in efficiency, since the motion of the driver creates this 
opposition force. Even more problematic is the effect on the output section of audio power amplifiers, 
which do not like to have current spikes driven backwards into the output. 

Back EMF is also a problem for microphones, only once again everything is reversed: the force and 
resulting velocity of the diaphragm induces a current in the wire. But the current in the wire immersed in 
the magmentic field produces an opposing field - the same problem. 

S

u

3) the coil moves in 
the field with 

velocity u

4) which induces an opposing 
current and opposing field

5) which produces a 
backwards force on 
the coil - Back EMF

Back EMF is a force that opposes the force of the moving diaphragm.
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4.3  Moving Coil Models

We need a model that takes all the forces, currents, velocities and voltages into account. This model is two 
back to back dependent voltage sources, one for the electrical part and one for the mechanical part:

In the case of a loudspeaker, you can think of the sequence as follows:

The only tricky thing is that the voltage e has its polarity shown to reflect the normal operating conditions 
for forward current i. Don’t let this bother you - you can think of the total voltage being the forward voltage 
from the amp minus the back EMF portion. 

For a microphone, the sequence is reversed:

Loudspeaker Model:

Both the microphone and loudspeaker models need to account for the resistance of the wire in the voice 
coil. However, the considerably larger voice coil in the loudspeaker requires modeling the inductance of the 
coil along with magnetic losses in the motor system. 

Bli

u

f Blue 

i

electrical part mechanical part

Bli

u

f Blue 

i

1) an input current 
from the amplifier 

2) creates a force Bli 
on the cone

3) causing the cone to 
move with a velocity

4) that creates an 
opposing voltage

Bli

u

f Blue 

i

4) and a current 
through the coil

1) a force on the 
diaphragm

2) causes the diaphragm 
to move with a velocity

3) that produces a 
voltage across 

5) which produces a 
back EMF force Bli
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The completed Loudspeaker Model is:

Microphone Model:

In the microphone model we can neglect the coil inductance and magnetic losses however we still need to 
keep the coil resistance. Additionally we need to take into account the input impedance of the pre-amp it is 
connected to. 

The completed Microphone Model is:

4.4 Fundamental Transducer Types: Electrostatic

Electrostatic transducers convert forces applied to their surfaces directly into a voltage or current 
Electrostatic transducers are much more common in microphone form, where they are called condenser, 
capacitor, or electret mics. Much less common are the loudspeaker version, sometimes called electrostats. 
In all of these devices, a capacitance is created between two or more plates. At least one of the plates, called 
the back-plate, is electrically charged with a DC polarizing voltage and is fixed in position. The other plate 
is actually a very thin metal diaphragm, suspended so that it can flex easily. Capacitance (the ability to hold 
separated charges) is a function of the distance between the two plates. 

CE =
ε0S
x

ε0 =  dielectric constant (of air in this case)
S =  surface area of plates
x =  distance between plates

Bli

u

f Blue 

i
L ERE

Rloss

Bli

u

f Blue 

i
RE

RL

CE

x

S

 9 Copyright (c) 2000 Will Pirkle



Microphone Model:

In condenser microphones, one of the plates is actually the diaphragm which must be made of a conducting 
type of material and is suspended in front of the second plate. The second plate (called the back plate) is 
stationary. Air particle pressure and/or velocity moves the diaphragm. As the distance between the two 
plates changes, the capacitance changes since the capacitance is inversely proportional to the distance 
between the plates.

CE =
ε0S
x

then

CE − c(t) =
ε0S

x + x(t)

CE - c(t) represents the fluctuating capacitance caused by the fluctuating distance x + x(t). As the distance 
increases, the capacitance decreases. If a polarizing charge Q is placed on one of the plates (the back plate 
in microphones) then the total voltage across the capacitor is:

E =
Q
CE

So the voltage is inversely proportional to the capacitance. If the capacitance varies in time, so will the 
voltage:

E + e(t) = Q
CE − c(t)

or
E + e(t)∝ x + x(t)
The term E + e(t) represents the DC polarizing voltage E and the fluctuating voltage e(t) together. The DC 
component can be removed with an eternal capacitor  to recover the audio signal e(t).

Here is a model of a condenser microphone. The 
polarizing voltage is called “Phantom Power” in 
studio lingo, typically +48V though most studio 
condensers can operate as low as a few volts. The 
higher the phantom power the higher the headroom. 

The output signal is x(t).

Because distance and velocity are related, e(t) can be solved in terms of velocity u so the force on the 
diaphragm produces a velocity u and a voltage e(t) which is made up of two components: first the 
frequency dependent voltage drop across the cap itself:
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e1 = iZ

=
1

jωCE

i

The second voltage is the one created by the change in distance (or velocity) and is also frequency 
dependent:

e2 =
Eu
jωx

so

e(t) = 1
jωCE

i + Eu
jωx

The model for this is:

In this model, you can see the two voltage components of the 
final signal e(t)

The dependent source shows that the diaphragm velocity 
produces an output voltage e2 that is frequency dependent. 

Loudspeaker Model:

In condenser loudspeakers, one of the plates is the flexible 
diaphragm while the other is the back plate. However, the 
signal e(t) is applied to the diaphragm side. Holding the 
back plate at a constant polarizing voltage causes the 
distance between the plates to change as all the above 
equations run backwards. 

The force that is generated depends on the amount of 
current i(t) that is applied with the voltage e(t). The total 
force has two components. 

The first component is the force drop across the mechanical 
compliance of the diaphragm - remember that f  =  u Z:

f1 = −
1

jωCM

u

Eue 

i
CE

j!x

e 1 

e 2 
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The negative sign indicates the force is in the opposite direction as the current which makes sense when 
you check the original equations showing an inverse proportional relationship between displacement and 
capacitance. 

The second force component is due to the electrical component whereby the change in charge results in a 
forced change in distance of the plates; it too includes a negative sign for the same reason:

f2 = −
E
jωx

i

so

f = −
E
jωx

i − 1
jωCM

u

Here is the mechanical side, showing the total force delivered as a 
combination of two reverse force drops, one across the mechanical 
compliance and the other supplied by the dependent force. 

The complete model for the electrostatic transducer is:

So for the microphone version, you can think:

u

f Ei
j!x

CM

f 1 

Eue 

i
CE

j!x

u

f Ei
j!x

CM

Eue 

i
CE

j!x

u

f Ei
j!x

CM

4) and some of that voltage is 
dropped across the capacitance

1) a force on 
the 

diaphragm

2) creates a velocity

3) which produces an output voltage e 
dependent on velocity and displacement of 

the diaphragm
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And for the loudspeaker version:

4.5 Fundamental Transducer Types: Piezoelectric Crystals

Piezoelectric crystals are crystalline structure materials which form a potential across them when deformed. 
Likewise, when a current is injected into the material, it deforms (twists, flexes or warps) in response. 
Therefore, these materials can be used as transducers. Piezo crystals have an upper and lower frequency 
limit; deformations outside their range do not result in a potential and vice versa. They have been relegated 
to buzzers and door-bells (loudspeaker version) and contact microphones for acoustic instruments or as 
MIDI triggers (microphone version). The familiar Quartz is a piezoelectric crystal but it has a very low 
output potential that requires a very large force to generate. Other materials are more efficient in that 
respect. They are usually disc shaped but sometimes are packaged in flexible rectangular strips. 

The crystal is sandwiched between two metal plates that have a 
capacitance CE :

When a current is applied across the crystal structure, a force is 
generated which is:

f = τ
jω
i − u

jωCM

τ =  crystal coupling coefficient

The first part is the force generated from the input current. It is in phase with the current and is directly 
proportional to the crystal coupling coefficient. The second component represents a force drop or loss 
across the mechanical compliance of the surface of the crystal. 

When the crystal is deformed by a force f, it creates a velocity u in the material. The deformation velocity 
produces an output voltage due to the piezoelectric effect:

e = −
τ
jω
u + 1

jωCE

i

The first part is the voltage generated from velocity (u) of the crystal deformation. It is out of phase with 
the deformation and is directly proportional to the crystal coupling coefficient. The second component 
represents a voltage drop across the capacitance of the two plates. 

Eue 

i
CE

j!x

u

f Ei
j!x

CM

1) an input 
current

2) produces a force on the 
diaphragm that is in the 
opposite direction of the 

current

3) part of that force is lost 
across the compliance of 

the diaphragm
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The complete model is:

If you compare this to the moving coil mode. you will see that a similar back EMF effect is taking place 
(note the orientation of the two dependent sources). 

You can think of it (in the loudspeaker version) like this:

So, of the three fundamental types, only the Electrostatic Transducer does not suffer from a backwards 
component, although its force direction is out of phase with the input current. On the other hand, only the 
moving coil transducer does not loose a significant amount of force across the compliance of the 
suspension system.

! u

i
CE

j"

u

f ! i
j"

CM

e 

! u

i
CE

j"

u

f ! i
j"

CM

e 

1) an input 
current

2) produces a force on the 
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5 Microphone Models

Before we put the models together, we need to investigate a bit more exactly whats happening at the surface 
of the diaphragm.

The force across the diaphragm of a transducer is:

fD = SD pD
where

SD =  surface area of diaphragm
pD =  pressure drop across diaphragm

= pFRONT − pREAR

This force is modeled as a voltage source:

The diaphragm itself is modeled as a Volume Velocity source where:

UD = SDuD
where

SD =  surface area of diaphragm
uD =  velocity of diaphragm

The diaphragm can send Volume Velocity (driver) or receive it (microphone). The pressure drop is the 
voltage drop (pressure drop) across the diaphragm. In the models, the pressure across the diagram will be 
the sum of the voltages (pressures) in the circuit. The Volume Velocity source (diaphragm) will create some 
of the voltage drops as its current flows through various elements since p = UZ.

Modeling the Air Load

The air load on the outside of a microphone can be modeled with the same circuit as the piston at the end of 
a tube, given in Chapter 2. However, we still have the reflections off the diaphragm for high frequencies. 

SDp Df 

SDuD

pD
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Looking at the plot of the frequency response of these reflections we see that the first rise looks just like a 
second order high shelving filter:

We can add a high shelving circuit to the original air load circuit by adding a pressure source (voltage 
source) that has a built-in 2nd order high shelving transfer function:

The circuit is turned on its side. The reflection source 
T(s)p is in phase with the pressure on the diaphragm so 
it adds or boosts the response. The transfer function T(s) 
is

T (s) = 1+ b1s + b2s
2

1+ c1s + c2s
2

b1 = RA1 || RA2( )CA1 +
MA1

RA1 + RA2( ) || RA2

b2 =
2RA1MA1CA1

RA1 + RA2

c1 = RA1 || RA2( )CA1 +
MA1

RA1 + RA2( )
c2 =

RA1MA1CA1

RA1 + RA2

2nd Order High Shelving Filter

MA

RA1 RA2

CA

T(s)ppD
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The equations for the components are given in Chapter 2. 

Low Frequency/High Frequency Approximation

At low frequencies, the dominant component is the acoustic mass, MA whereas at high frequencies, the 
dominant component is the HF reflection source, T(s)p. An approximate circuit could therefore be 
constructed with just the two dominant components as:

Basic Acoustic Model

So far, we’ve modeled the transducer’s motor system and in this chapter we put it all together for complete 
models. The basic acoustic model is going to consist of:

- the pressure drop across the diaphragm
- the air load on the front 
- the air load on the rear (depends on enclosure)

So, the basic acoustic model will look like this:

5.1 Dynamic Microphone Model: Pressure

A Pressure microphone senses the instantaneous air pressure at the surface of the diaphragm. All pressure 
microphones have an omni-directional pattern because they sense pressure equally from any direction. This 
is done by mounting it in a sealed enclosure so that only the front side of the diaphragm is excited by the air 
pressure. A tiny hole is drilled in the enclosure to equalize pressure due to environmental location but it has 
no acoustic effect; its acoustic mass is so huge that it is an open circuit. The Pressure microphone senses 
pressure equally from all directions therefore its pickup pattern is Omnidirectional.

T(s)ppD

MA

T(s)p

MA
SDuD

pDZR

FRONTREAR
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The Diaphragm has a mechanical mass M and 
the suspension provides both a compliance 
(springy restoring force) and a resistance 
within that spring. 

A felt dampener behind the diaphragm 
suppresses low frequency resonances and 
allows the designer to control the resonant 
hump (Q) in the low end response. 

The acoustic chamber provides a compliance 
against which the mass of the diagram can 
resonate. 

The Mechanical components consist of the diaphragm mass, compliance and resistance. The mechanical 
diagram is:

We have already modeled this system as an 
electric circuit. It turned out to be a Series LRC 
circuit.

So, we can put the first part of the model together like this:

diaphragm MMD

suspension CMD

felt dampener R AF

acoustic chamber C AB

RMD&

pressure 
equalizer

magnet
assy

M1

C1

R1

f +-

1 2 3

4

f

M1
R1

C1

Bli

u
MMD RMD

SDp D

D

CMD

electrical mechanical

Blue 

i
RE

RL
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We model the mechanical components as usual and the final force that appears at the surface of the 
diaphragm with its dependent source. We can add the acoustic circuit by observing that on the back side of 
the diaphragm we have a felt resistance and an acoustic compliance from the enclosure:

You can think of it like this: the pressure at the surface of the diaphragm produces a velocity in the 
mechanical circuit which controls a dependent voltage source in the electrical circuit which produces the 
final output voltage e(t) and current i(t). 

Solving for the final output voltage e(t) is fairly straight forward: it is going to be a voltage divider between 
the two resistances RL and RE. This requires solving 3 Ohm’s Law equations for the 3 circuits.  You need to 
find the impedances looking into the mechanical circuit (series RLC) and acoustic circuit (another series 
RLC). 

For the electrical circuit, we can easily write two equations: one for the voltage divider which produces the 
output voltage e and the other for a current splitter:

e = −BluDRL

RL + RE

i = −BluD
RL + RE

To fully solve the voltage divider equation, we also need to know the other two variables pressure and 
velocity. They come from a simple inspection of Ohm’s Law for the other two. 

Bli

u
MMD RMD

SDp D

D

CMD

electrical mechanical

T(s)p

MA
SDu D

p D

R AF

C AB

acoustical

Blue 

i
RE

RL
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First, for velocity solve Ohm’s Law for the 
circuit by rearranging and putting voltage 
sources on the left and the load on the right. 
The velocity will be V/Z.

uD =
Bli − SD pD

ZM

ZM = jωMMD + RMS +
1

jωCMS

The pressure at the diaphragm is a sum of the pressure at the front and the pressure at the back. One way to 
look at this is that since the current flows in the same direction through each component, the voltage drop 
(pressure drop) will be the same polarity across each. Then, the total pressure is the sum of the incoming 
pressure (with reflection curve) and the pressure drops across each component, ZA:

Rearrange the circuit like this:

Bli

u

MMD

RMD

SDpD

D

CMD

Z M

T(s)p

MA
SDuD

pD

R AF

C AB

pMpR

pC

Voltage on Front = T(s)p + pM

T(s)p

pM

SDu D

p D

C AB
p C

p R

Voltage on Back = - p R p C-

MA
R AF

C AB
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pD =  front pressure - rear pressure

= T (s)p + SDuD ( jωMA ) − −SDuDRAF − SDuD
1

jwCAB

⎡

⎣
⎢

⎤

⎦
⎥

= T (s)p + SDuD ( jωMA ) + SDuDRAF + SDuD
1

jwCAB

= T (s)p + SDuDZA

ZA = jωMA1 + RAF +
1

jωCAB

With some some algebra, you can solve the original voltage divider equation to find the output voltage e:

e = −BlSDRL

RL + RE

1

ZM + SD
2ZA +

BL( )2
RL + RE

T (s)p

You can see the voltage divider equation in the first term with RL and RE. With more algebra you can 
fashion the equation into something more recognizable:

e = −BlSDRL

RL + RE

1
RMT

1 /Q( ) s /ωo( )
s /ωo( )2 + 1 /Q( ) s /ωo( ) +1

T (s)p

Examination of the third term reveals that this is a 2nd Order BPF transfer function. (We did this in 
MMI401). The cutoff frequency and Q (bandwidth) are given by:

ω o =
1

2π MMTCMT

Q = 1
RMT

MMT

CMT

= ω o

bandwidth(ω )
= fo
bandwidth( f )

ω o = ω LωH

fo = fL fH
where
ω L  and fL  are the low frequency breakpoint of the BPF
ωH  and fH  are the high frequency breakpoint of the BPF

These equations use combined component values that were created when the final algebra was done. They 
are:
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MMT = MMD + SD
2MA1

RMT = RMS + SD
2RAF +

Bl( )2
RL + RE

CMT =
1

1
CMD

+ SD
2

CAB

Therefore, the total predicted 
response is a bandpass filter 
shape (H(s)) multiplied by 
the HF Boost function (T(s)) 
which produces a bandpass 
plot with HF boost on axis. 
At 90 degrees off axis, the 
plot is theoretically a 
symmetrical BPF.

If the felt resistor is removed, 
a low frequency resonant 
hump appears. The felt 
resistance squashes the hump 
and flattens the response for 
more bass.

5.2 Condenser Microphone Model: Pressure

The Condenser Microphone uses the capacitor plates to produce the output voltage; as a pressure 
microphone it too will be housed in a sealed enclosure (again, we neglect the mass in the pressure 
equalization hole which also doubles as a wiring hole). The basic construction looks like this:
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The slotted backplate is polarized with 
V+ through R; the voltage is removed 
by coupling cap C. The output voltage 
of the microphone is dropped across the 
input impedance of the microphone 
preamp, RL. The diaphragm mass is very 
small compared to the dynamic so the 
felt resistor is not required. However, the 
back of the diaphragm feels the acoustic 
mass and resistance of the air in the slots 
along with two compliances from the air 
chambers. 

By combining the models from the last 2 chapters, we can fashion the complete condenser model as 
follows:

Electrical: consists of the velocity-dependent voltage source, the 
capacitance of the capsule, and the load impedance.

Mechanical: essentially identical to the 
moving coil version because of same 
mass, compliance and resistance in the 
diaphragm although the values are much 
different.

Acoustical: the front side is the same as 
moving coil with the low frequency 
approximation of the air load (Ma) and 
the reflected pressure. To figure out the 
back side, use the acoustic circuit 
equivalents tracing your way from the 
back surface of the diaphragm, through 
the first capacitance, then through the 
slots into the second capacitance.

You can see that the mechanical circuit 
produces the same BPF shape for the volume, u. The acoustical circuit has a resonant filter built into the 
back-side where the resistance of air in the slots tunes the Q. By forming the similar Ohm’s Law equations 
for these three circuits, we can also obtain the output voltage as a transfer function equation. It is:

diaphragm MMD

suspension CMD

slotted Back Plate 
has acoustic mass 

and resistance

acoustic chamber C AB

&

R

V+

C

RL
e

C AFacoustic chamber

MAS

R AS

RMD

Eu

CE

j!xe 

i

RL
D

u
MMD RMD

SD

D

CMD

Ei
j!x

pD

T(s)p

MA
SDuD

pD

RAS

C AB

MAS

C AF
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where E is the polarizing voltage and the other variables are given by:

CMT =
1

1 /CMD + SD
2 /CAB

MMT = MMD + SD
2 (MA + MAS )

RMT = RMD + SD
2RAS

Observation of the second term yields a 2nd Order Lowpass Filter. The manufacturer tunes the Q with slot 
size and the cutoff frequency with both the total mass and compliance factors. The equations for the cutoff 
and Q are:

ωo =
1

2π MMTCMT

Q =
1
RMT

MMT

CMT

The resonant hump in the  output response has the following properties:

ω peak =
ωo

Q
Q2 − 0.5

ω−3 = 1+ β + β 2 +1⎡
⎣

⎤
⎦
1/2⎛

⎝⎜
⎞
⎠⎟ωo

β =
1
2Q2 −1

PEAK =
Q2

Q2 − 0.25
PEAK(dB) = 20 log(PEAK )

The microphone’s component values can be found with:

MMD =
4
3
πa2tDρD

tD =  diaphragm thickness
pD =  diaphragm density

e = −
ECMTSD

x
1

(s /ωo )
2 +1 /Q(s /ωo ) +1

T (s)p
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CMD =
1

8πT
T =  tension on diaphragm in N/m

CE =
εoπa

2

x

The capacitance is in the range of 40-80pF or so.

The microphone’s capacitance combines with the load impedance to produce a 1st Order High-pass Filter 
which ultimately controls the low frequency rolloff point at:

fL =
1

2πRLCE

Because of the value of the capacitance, the load resistance must be very high for good LF performance, 
but most low impedance microphone preamps only have about 1.5k to 2k input impedance. Usually, these 
mics have a built-in high-impedance buffer (powered off the phantom power supply, E) to produce the 
impedance necessary. 

A typical Omni-condenser microphone might have a frequency response like this:
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Complete Circuit:

Critical Polarizing Voltage

You can see that the output e(t) is proportional to the polarizing voltage E (in the second term). It seems 
that the larger we make this voltage, the larger our output could be. However, if the voltage is too large, it 
will pull the diaphragm all the way back to the back plate causing a short circuit with arcing which will 
destroy the device. The voltage where this occurs is called the Critical Polarizing Voltage and is given by:

ECRIT =
x

CECMT

5.3 Ribbon Microphone Model: Velocity or Pressure Gradient

The Ribbon Microphone lends itself easily as a Velocity (aka Pressure Gradient) sensing microphone. A 
Velocity microphone senses air particle velocity by having both the front and back sides of the diaphragm 
fully exposed to the oncoming pressure. The velocity is proportional to the pressure difference, Δ p between 
the two sides. All velocity microphones have a figure 8 pattern because the pressure difference at 90 
degrees off-axis is 0 - the pressure is the same on each side. 

u
MMD RMD

SD

D

CMD

electrical mechanical

T(s)p

MA
SDu D

p D

R AS

C AB

acoustical

Eu

CE

j!xe 

i
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D Ei

j!x
p D

MAS
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The ribbon is a piece of corrugated metal suspended in a magnetic field. A ribbon physically acts like a 
single coil (or a few coils) electronically, so it is actually a type of Moving Coil microphone and has the 
same electric and mechanical models; only the acoustic model is different. 

The Ribbon Mic consists of 
the Ribbon and two pole 
pieces. The ribbon is 
suspended between the pole 
pieces with End-Clamps. 

A Top-View of the system reveals that the ribbon is sitting in a slot in 
the pole pieces. The slot provides an acoustic mass and a resistance too. 

The acoustic circuit has to take this into account along with the fact that 
both sides of the diaphragm feel the normal air load - there are no 
acoustic cavities or tubes. 

p F

p Routput = p F -

incident

p R

p

p F p R

p Routput = p F - = 0

off axis

corrugated ribbon

Pole Pieces 

N

S

Pole Pieces 

MAS RAS&

M AM A
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In the Acoustic model for the Ribbon Mic, 
you can see the two air loads (simplified 
down to just the acoustic inductance) with 
the combined air masses and resistances 
that couple the front and rear of the 
diaphragm. 

Because the ribbon microphone senses 
velocity, it does not include the reflected 
pressure-sources that the pressure-
microphones have in their models. The 

pressure on the back side is equal to the front pressure plus the change in pressure, front to back.

The directivity of the microphone can be found to be related to the angle of incidence and the distance 
between the front and back of the diaphragm:

eOUT ∝ cosΘΔl
Θ =  angle of incidence
Δl =  distance from front to back (thickness of diaphragm)

You can solve for the output voltage e in exactly the same way as the moving coil microphone using the 
Ohm’s Law equations from the three circuits. After some algebra, you can find that:

e = BlSDRL

cMMT

(RL + RE )
s /ωo( )2

s /ωo( )2 + 1 /Q( ) s /ωo( ) +1
pcosΘΔl

Examination of the second term reveals that this is a 2nd Order High Pass filter. The term at the end is the 
directivity portion. The 2nd Order HPF will have a cutoff and Q of:

ωo =
1

2π MMTCMR

Q =
1
RMT

MMT

CMR

MMT = MMD + 2SDMA

CMT =  varies due to ribbon geometry

RMT = RMD +
Bl( )2

RL + RE

The equations that relate the 3dB and peak frequency for this HPF are:

p

MA
SDu D

p D

R AS

MAS

p + ! p

MA
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ω peak =
Qωo

Q2 − 0.5

ω−3 = β + β 2 +1⎡
⎣

⎤
⎦
1/2
ωo

β =
1
2Q2 −1

PEAK =
Q2

Q2 − 0.25
PEAK(dB) = 20 log(PEAK )

Note these are similar but not identical to the equations for a 2nd Order LPF from the condenser version.

5.4 Proximity Effect

Velocity microphones suffer from a bass-boosting problem called the Proximity Effect. It should be noted 
that many do not see this as a problem as it can be used to deepen the sound of a vocalist or instrument, 
however from a system design standpoint (trying to get a microphone with a flat response) it is an issue. 
The Proximity Effect is a bass boost that occurs when the microphone is very close to the source.  
Ironically, it is actually a treble boost that the manufacturer has accommodated for to make the response as 
flat as possible. 

To understand where it comes from remember the plot showing 
the two paths to the front and back of the diaphragm.

Suppose the longer path around the back added an extra 10 mm 
of travel distance. That path would be delayed an extra 10 mm’s 
worth of wavelength. What does that 10 mm distance look like 
for sinusoids?

p F

p Routput = p F -

incident

p R
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For any frequency, the worst case scenario is if the delay 
crosses the transition point. For the low frequency at the 
left, this results in some difference in pressure, Δ p. 

However if the frequency is increased, the same distance 
interval results in a larger Δ p. 

When the delay time equals the wavelength, you get the 
maximum Δ p. 

Above this frequency, comb filtering will occur as the 
pressure difference begins to fall out of phase with the 
signal. The comb filtering affects the HF portion of the 
output only. 

These plots show that the pressure gradient is going to rise as the frequency rises - we can’t escape the 
geometry. These plots are also from the far field where the distance creates a delay effect only. This means 
the amplitude of the signal on the back and front is about the same because the path distances are about the 
same. But the phase is delayed by the path distance giving the treble boost. Manufacturers build a bass 
boost into the system in the output transformer circuit. [1] http://artsites.ucsc.edu This flattens the response 
out to the beginning of comb filtering. 

However, as the microphone is moved very close to the source the distances from the front and back 
become much larger with respect to one another. Because of the inverse square law, the pressure on the 
front will be much larger than the pressure on the back, thus the Δ p will be large. This will put a boost on 
the bass frequencies. As the source halves the distance in the near field, the dBSPL will go up by 12dB. 
Now the flat response in the far field has an added boost in the near field. Many microphones have built in 
circuits to try to remove the proximity effect altogether; the circuits might be electronic or acoustic.

! p

! p

! p
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5.5 Combination Pressure & Velocity Microphones

The two types can be combined resulting in “Combination” microphones. This can be done one of several 
ways:

• mathematically & electronically combine the outputs of a pressure capsule and a velocity capsule
• mathematically & electronically combine the outputs of back-to-back capsules (either type)
• build an enclosure that combines features of both types

The first method is not popular. The second one is popular and results in multi-pattern microphones. The 
details of these types are in the circuits that combine the outputs. 

The third method might be the most common because of the numerous vocal and instrument mics that 
employ it. This involves mounting a diaphragm in an enclosure but allowing entry points along the sides 
and/or back to couple air pressure from these areas to the back side of the diaphragm. The distance from the 
entry points to the back of the diaphragm will determine the frequency band it operates over (rising up until 
comb filtering starts to occur). The enclosure itself will determine how much of the back-side pressure is 
allowed to reach the diaphragm in addition to providing mass and compliance - and therefore filtering - 
operation. The number and location of the entry points varies with model and manufacturer. Typically, the 
entry points are along a ring on the outside of the tube. Sometimes, they are along straight lines too. The 
entry points that all result in the same distance to the diaphragm (aligned in a ring around the mic tube) can 
be combined together into one. The entry point will be covered with an acoustical resistance material - 
foam. If the capsule (tube) is thick enough, it might also be an acoustic mass trap. A simple combination 
moving coil microphone might look like this:

This will add a resistor to the backside of the enclosure’s 
model and will couple to a pressure source of value p + Δ 
p due to the path difference to the back of the diaphragm. 

The other models remain unchanged. However, the derivations of transfer functions for both moving coil 
and condenser microphones is difficult to factor into a form we can recognize like the 1st and 2nd Order 
LPF, HPF and BPF circuit from the previous work. Adding more entry points laterally down the tube will 
add more components and sources so the math can be difficult. However, computer simulations are always 
an option so it is important that you could use the skills you have to model other types of capsules. 
The combination microphones also suffer from the Proximity Effect, though to a lesser extent, and like 
their velocity counterparts often have circuits to compensate (e.g. MD421).

diaphragm MMD

suspension CMD

felt dampener R AF

acoustic chamber C AB

RMD&

magnet
assy

R AE
entry 
point

T(s)p

SDu D

p D

R AF

C AB

acoustical

R AE

p + ! p
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If you only look to solve the pressure drop across the diaphragm, an interesting component occurs that 
explains the polar patterns of these microphones:

pD = p jωRACAB

1+ jωRACAB

1+ BcosΘ( ) + SDuD jωMA1 +
RA

1+ jωRACAB

⎛
⎝⎜

⎞
⎠⎟

The interesting part is the 1+Bcos(Θ) which is the 
directivity portion arising from the partial velocity 
nature of the capsule.   A polar plot of this little 
function reveals the Cardiod shape often 
associated with these microphones. In fact, 
placement of the entry points and other acoustical 
circuits allow for all kinds of variations from 
cardiod to hyper-cardiod to super-cardiod. 

5.6 Acoustic Capsule Filters

One last enhancement comes in the form of a snap-on or screw-on acoustic filter that connects to the front 
of the capsule. Some microphones may have an assortment of them with different shape and number of 
holes or slots cut into the front and of varying lengths. These acoustic filters can be added to further shape 
the frequency response (check the documentation for your microphones). Often they will flatten the HF 
response or emphasize it or perform some other HF filtering. 

Consider the Condenser microphone 
model with one of these filters 
connected to it. Slots or holes in the 
front plate along with the compliance 
of the chamber form an acoustic filter. 
Tracing the filter from the incoming 
pressure source to the front of the 
diaphragm results in the following 
circuit:

R

V+

C

RL
e

slotted Front Plate 
has acoustic mass 

and resistance RAS1

acoustic chamber CAF1
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You should be able to tell by now that 
this is a 2nd Order LPF. It has the 
familiar equations:

ωo =
1

2π MAS1CAF1

Q =
1
RAS1

MAS1

CAF1

By adjusting the slots and tube length, the manufacturer can flatten or enhance resonant peaks or even 
perform a non-resonant LPF (Q < 0.707) to further tailor the HF response. 

Homework:

1) for the Condenser mic above, (a) find the critical polarizing voltage [3,440V] and (b) calculate the 
fundamental resonant frequency [14.7kHz] HINT: use the equation for MA = MAq for impedance of air 
on a piston at the end of a long tube).

2) A pressure microphone has a circular diaphragm. At 10kHz, use the equation on Page 2 T(s) to determine 
the theoretical increase in response due to reflections for a diaphragm diameter of (a) 1/2 inch [3.37dB] 
and (b) 1 inch  [5.54dB]. HINT: you need to find the magnitude of T(s) at f = 10kHz. This requires 
complex algebra similar to what we did in MMI401.

3) A dynamic microphone is to be designed for these specifications: diaphragm diameter = 1/2 inch, lower 
cutoff fL = 30Hz, upper cutoff fH = 8kHz. (a) calculate the fundamental resonant frequency and Q [490Hz, 
0.0615] and (b) sketch the frequency response of the microphone for both normal and parallel (90 deg) 
incidence.

p

MAS1RAS1

CAF1

to diaphragm
p

FILT
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6 Moving Coil Driver Modeling & The Infinite Baffle Enclosure

First have a look at the two different driver data-sheets on the next two pages. The first is an Eminence 
Legend 1028K 10” driver. The second is an Eminence LAB12 12” driver. You should be able to recognize 
the following Thiele-Small Parameters:

• BL Product (BL)
• Surface Area of Cone (Sd)
• Maximum Linear Excursion (Xmax)

Now it is time to learn the rest of these parameters. Before we start, let’s make some observations about the 
different graphs we see on the two specification sheets:

LAB12

1028K HAS a resonant hump, underdamped

NO resonant hump, overdamped

Magnitude Response

Impedance Plot

MAX impedance ~90Hz

MAX impedance ~23Hz

multiple resonant peaks

multiple resonant peaks

Figure 6.1: The Magnitude (dark line) and Impedance (light line) Responses plotted against Frequency. The 
Magnitude Response is also called the Frequency Response. The Impedance values (ohms) are on the right 
Y-Axis while the Magnitude values (dB) are on the left
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In the 1028K, we can see a low frequency resonant hump whereas there is no LF resonance in the LAB12. 
Both responses show multiple resonant peaks and valleys that occur before the upper band edge rolls off 
significantly. In the Impedance responses, we observe spikes at different frequencies; the 1028K around 
95Hz and the LAB12 around 23Hz. NOTE: you may also see pronounced anti-resonances (dips). In this 
chapter, you will find out where these traits come from. 

6.1 Electromagnetic Drivers

Let’s investigate electromagnetic transducers in more detail by close inspection of a typical moving coil 
driver. 

Figure 16.2: The outer parts of a moving coil driver 
include:

magnet: the heart of the driver is a circular magnet.  
It looks like a section cut out of a metal pipe. The 
north pole is on one end of the ring and the south 
pole on the other.

frame: also called the basket, this metal frame 
supports the outer rim of the cone at one end, and 
the magnet assembly at the other

surround: this flexible rubber ring connects the 
outer edge of the cone to the basket. The surround 
is connected using glue. The surround is 
fundamental to the analysis of a transducer. It 
supplies a major part of the restoring force for the 
cone. Together with the spider, the surround forms 
the suspension component of the driver.

cone: usually made of paper, paper/felt, or plastic, 
the cone transfers the acoustic power into the air 
load. It may have straight edges and be conical (as 
shown) or have flared edges that are horn-like.

spider: an accordion looking cloth material whose 
main purpose is to keep the voice coil assembly 
centered perfectly in the gap. It also proves the rest 
of the restoring force for the cone.  Together with 
the surround, it forms the suspension component of 
the driver.

dust cap: protects the voice coil assembly and gap from foreign debris. In some drivers, the dust cap may 
be inverted (concave), or even flat like a disc. The dust cap may also be porous to air, connecting to the 
pressure equalization hole drilled through the center of the magnet assembly. 
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Figure 16.3 below shows the voice coil and 
magnet assemblies. The parts consist of:

top and bottom plates: these metal plates create a 
magnetic gap that the coil assembly sit in. Note the 
way the north and south poles are transferred  to 
the gap area with the north pole in the center, and 
the south pole at the outer edge. 

gap: a small (few millimeters) gap is formed 
between the plates. Magnetic lines of flux radiate 
from the center (N) outward through the coil to the 
edge (S). Note that the lines of flux are 
perpendicular to the voice coil.

coil: the coil (or voice coil) is formed by wrapping turns of wire around a cardboard voice coil form. There 
may be multiple layers of turns of wire, but only a single layer is shown here for simplicity. 

pole piece: the pole piece connects to the bottom plate and forms the center plug that sits inside the voice 
coil form. 

pressure equalization hole: because the gap may be very small, and the voice coil moves rapidly, pressure 
may build up inside the chambers. This hole prevents pressure build-up. In some systems, there are two 
holes, connecting the two chambers formed by the plates and pole piece. 

6.2 The Voice Coil
The voice coil can be overhung or underhung as shown in Figure 6.4. The motor magnet strength is given 
by the BL Product where L is the length of wire immersed in the gap. In Figure 6.4, both drivers would 
have the same BL Product (assuming their magnetic flux B are identical) because they both have 6 turns of 
voice coil wire inside the gap width. 

Overhung Underhung

six turns in 
the gap

six turns in 
the gap

Figure 6.2: The overhung voice coil has wraps that go outside the gap width while the underhung coil’s 
wraps are all inside the gap width. 

6.3 Voice Coil Non-Linearities
As the driver moves back and forth, it is crucial that the number of turns of wire in the gap remains 
constant. When the driver exceeds a maximum distance (not necessarily Xmax) and the number of turns is 
no longer constant, non-linearities in the cone motion will occur. This will result in harmonic distortion in 
the audio. Another source of distortion occurs when the driver’s suspension “bottoms out” or reaches its 
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limit, which occurs at Xmax. Both the surround and the spider contribute to the overall compliance of the 
driver so whichever one bottoms out first sets the Xmax. The final (and most obvious source of distortion 
in the frequency response plots) non-linearity occurs when mechanical resonances are setup on the surface 
of the cone. These modal frequencies cause the surface to warp, flex and twist creating harmonic distortion 
in the output. The modal frequencies usually occur above the piston frequency. 

Figure 6.5 shows the first two Axial Modes of resonance. In the first nodal resonance, the center portion of 
the cone is moving backwards (-) while the outer portion is moving forwards (+) thus producing a non-
linear flex in the surface. In the second nodal resonance, two separate bands of resonance occur on the 
surface. 

-

+ +
-+ -

1st Nodal Resonance 2nd Nodal Resonance

Figure 6.3: Axial Resonances form concentric circles of the surface moving in opposite directions

Figure 6.4 shows Radial or Bell Resonances. In the first order resonance, two portions of the cone are 
moving out (+) while the other two are moving in (-). In the second order case, all three portions are 
moving out and three are moving in, alternating directions.

+

1st Order Resonance 2nd Order Resonance

+

-

-

+ +

+

-

- -

Figure 6.4: Radial Modes slice the cone into wedges, each moving in the opposite direction. 

Manufacturers can try to offset these resonances by adding strengthening concentric rings (for radial 
modes) or radial bands (for axial modes) impregnated into the surface. As the modal resonances (standing 
waves) propagate outwards, the eventually hit and terminate at the rim where the surround is glued into 
place. The vibrations travel though the surround and can bounce backwards again. If the surround is 
mechanically terminated properly (by choosing the geometry of the glued flat-section where the surround 
connects to the cone) the reflections can be minimized. 

6.4 First mode of breakup
The driver will operate linearly until the resonances on the cone surface occur. The first mode of resonance 
(first mode of breakup) is the first frequency where we see a resonant peak. Sometimes this mode is the 
most offensive of the bunch in its magnitude. One way to find it is to look for glitches in the impedance 
plot. This represents a sudden change in impedance often attributed to breakup or modal frequencies. 
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1028K
first breakup

Figure 6.5: the first frequency of breakup can sometimes be found by examining the impedance plot for 
humps/notches.

The first mode of breakup can be calculated as follows:

fbreakup = 0.523 t
a

E
ρ

t =  thickness of driver
a =  piston radius
E =  Young's Modulus of driver
ρ =  density of driver

Table 6.1 lists the Young’s Modulus and densities of several popular cone materials.
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Table 6.1: Properties of some cone materials. (source: http://www.pearl-hifi.com/06_Lit_Archive/
07_Misc_Downloads/Cone_Diaphragm_Mtls.pdf)

6.5 Functional Components

Electrical
• The voice coil has an inductance, LE (the subscript E is for “electrical”)
• The coil also has a DC resistance, RE since the wire is usually very long (with many turns in the 

coil) 
• At audio frequencies, the coil’s parasitic capacitances that exist between turns of wire are so small 

to be completely negligible
• Check the Thiele-Small parameters for the drivers in the beginning of the chapter and find these 

values.

Figure 6.6: The Electrical Model of the Moving Coil Driver

Mechanical
• The cone or diaphragm has the most significant mass, MMD (grams)

Blue 

i
L ERE

Rloss
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• The suspension system, made up of the surround and spider, provides a spring component called 
CMS (meters/Newton)

• The suspension system also has a mechanical friction component RMS (Newton seconds/meter) 
since they do not behave like ideal springs

• All but RMS are given in the driver specifications at the beginning of the chapter

Figure 6.7: The Mechanical Models of the moving coil driver (top is mechanical model, bottom is circuit)

Acoustical
• The Acoustic Model ultimately depends on the enclosure the driver is mounted in since this will 

determine the acoustic load the front and back of the cone sees.
• We can generalize the circuit by calling the air loads ZAB and ZAF for the back and front sides 

respectively

Figure 6.8: Generalized Acoustic Model of the Driver

Mmd

Cms

Rms

fd = Bli

+-

fa = Sdpd

+ -

u
MMS RMS

SD

D

CMS

Bli p D

SDuD

pD
ZAFZAR
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6.6 The Infinite Baffle Enclosure

The Response Plots of the two driver data-sheets we looked at in the beginning of the chapter had some 
fine print below them. These responses were measured in an Infinite Baffle. An Infinite Baffle is a wall or 
other large surface that isolates the front acoustic load from the rear acoustic load. Additionally, the air 
masses on each side of the baffle are so large that their compliance is infinite. One example of an Infinite 
Baffle system consists of loudspeakers mounted in the ceiling with no box or other enclosure on the back 
side of the driver. There is no pneumatic air-spring on either side of the driver, just an air load. Another 
example is a speaker enclosure that is huge (think refrigerator sized) so that the compliance is so high that a 
driver mounted in it will feel no air-spring behind it. 

Figure 6.9: Two infinite baffles; on the left is a wall or ceiling mount 
and on the right is an enclosure that is so huge in comparison with the 

excursion of the driver that it presents no compliance load and appears to be the same load as on the front 
side of the driver.

In the case of the large enclosure, one question is “how do you know when the enclosure is so big we can 
consider it to be an infinite baffle?” The answer is found in another Thiele-Small parameter called VAS or 
the Volume Compliance of the driver. This value is the volume of air (in liters or cubic feet) that has the 
same compliance as the driver’s suspension system. The Compliance Ratio (α)  is defined as the ratio of the 
Volume Compliance to the Box Volume (VAB):

α =
VAS
VAB

When α  < 1(ie when the box volume is greater than the volume compliance) we have an infinite baffle 
enclosure.

We saw the circuit that models the acoustic air load for a driver in an Infinite Baffle in Chapter 2. The 
Acoustic Model of the driver in the enclosure would use that model for ZAB and ZAF. So, the complete 
model for a driver mounted in an infinite baffle would look like this:
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Figure 6.10: The complete electrical model of a driver in an Infinite Baffle Enclosure.

This trio of dependent circuits can be combined together into one analogous circuit using either Thevenin 
or Norton Equivalent circuits and combining dependencies. The Infinite Baffle Analogous Circuit looks 
like this:

Figure 6.12: The Combination Analogous Circuit (Norton Form) contains three sections from left to right 
that lump and model the electrical (left), mechanical (center) and acoustic (right) combinations.
The circuit elements are:

RAE =
Bl( )2

SD
2RE

CAE =
SD

2LE
Bl( )2 R 'AE =

Bl( )2

SD
2RLOSS

MAD =
MMD

S2
D

RAS =
RMS

S2
D

CAS = S
2
DCMS

MA ,RA1,RA2 ,CA  see Chapter 2

u
MMS RMS

SD

D

CMS

Bli p DBlue 

i
L ERE

SDu D

p D
MA

RA1

RA2

CA

MA

RA1

RA2

CA

Rloss

MAD RAS

UD

C AS

2MA

2RA1

2RA2

0.5CACAE

R'AE

RAE

(Sd)(eg)
Bl
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6.7 Low Frequency Solution
At very low frequencies, the analogous circuit can be simplified and combined further into:

Figure 6.11: The Low Frequency Analogous Circuit for the driver in an Infinite Baffle

MAS = MAD + 2MA =
MMD

SD
2 + 2 8ρo

3π 2a

After some math we can solve for the volume velocity UD emitted by the system as:

UD =
SDeg
Bl

R AE

RAT

1 /QTS( ) s
ω s

( )
s
ω s

( )2 + 1 /QTS( ) s
ω s

( ) +1
RAT = RAE + RAS =

Bl( )2
SD
2RE

+
RMS

S2D

ω s = 2π fs =
1

MMSCMS

QTS =
1
RAT

MAS

CAS

The first thing to notice is that the Volume Velocity function is a Band Pass Filter transfer function. The 
peak Volume Velocity value will occur at the natural resonant frequency of the driver, fs. 

The last two terms, fs and QTS are Thiele-Small Parameters that represent the Driver Resonant Frequency 
(fs) and Total System Q (QTS). The Total System Q is also called the Resonance Magnification Factor. This 
factor is a combination of the two resonances in the electrical and mechanical circuits. Those resonance 
factors are named QMS (mechanical Q) and QES (electrical Q) and the relationship is the algebraic mean of 
the two:

QTS =
QMSQES

QMS +QES

QMS =
1
RMS

MMS

CMS

QES =
1
RAE

MAS

CAS

So, even though the manufacturer did not specify RMS, we can calculate it knowing QMS, CMS, and MMS 
which are all given! Finally, the Volume Compliance can be calculated as:

VAS = ρoc
2SD

2CMS

MAS R AS

UD

C AS

RAE

(Sd)(eg)
Bl
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6.8 High Frequency Solution

The upper limit of the frequency response is dominated by the electrical and mechanical portions of the 
overall circuit model. They produce a 1st Order Low Pass Filter with a transfer function of:

Tu (s) =
1

1+ s
ωu

ωu =
MMSRE
MMDLE

6.9 Combined Solution

Plotting both the LF and HF solutions is helpful in predicting the on-axis pressure transfer function because 
we know that volume velocity and pressure are directly proportional. 

lin(f) Hz

UD

fs fu1

LF Solution

HF Solution

Figure 6.12: The two solutions plotted together foreshadow what we expect to see for our final on-axis 
pressure response in dbSPL.
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6.9 On Axis Pressure Transfer Function

The on-axis pressure transfer function can be found by solving p = UZ in the combination analogous 
circuits, first for the LF solution and then for the HF. After a bunch of math, you get:

p = ρo
2π

Bleg
SDREMAS

s
ω s

( )2
s
ω s

( )2 + 1 /QTS( ) s
ω s

( ) +1
Tu (s)

G(s) =
s
ω s

( )2
s
ω s

( )2 + 1 /QTS( ) s
ω s

( ) +1
then

p = ρo
2π

Bleg
SDREMAS

G(s)Tu (s)

This equation reveals a 2nd Order High Pass Filter with a cutoff frequency of ωs and a resonant quality 
factor of QTS for low frequencies and a first order high-pass filter for high frequencies. Their cutoffs are 
found with the above equations. This explains the two different frequency response plots of the 1028K and 
LAB12 drivers at the beginning of the chapter. Go back and look at the Thiele-Small parameter for ωs (fs) 
and QTS. Then look at the low frequency (HPF) edge of the responses. Compare with the predicted 
responses in Figure 6.13. Also, compare with the LF and HF solutions for the volume velocity.

log(f)

+10

0

-10

-20

-30

-40

-50

-60

10k1k10010 Hz

1st Order LPF2nd Order HPF
dB(spl)

don't know

Figure 6.13: the predicted on-axis pressure response for a driver. The low frequency cutoff and Q are set by 
the driver’s fs and QTS. The high frequency edge is due to the electro-mechanical filter described above.
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Figure 6.14: The Thiele-Small Parameters tell us immediately what the low-frequency cutoff and 
resonances are going to look like. 

Figure 6.15: The predicted curve superimposed over the 1028K response; the low frequency approximation 
is more accurate. We also can’t predict the magnitude of the resonances. 

HPF: Qts = 1.47, fs = 95Hz

HPF: Qts = 0.38, fs = 22Hz

LAB12

1028K
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If QTS > 0.707 a resonant peak will occur. The peak frequency can be found as:

fpeak = fs
QTS

QTS
2 − 0.5

When QTS = 0.707, the low cutoff frequency (the -3dB frequency) equals the driver resonant frequency, fs. 
For other values, the low frequency (fL) is found as:

fL = fs
1
2QTS

2 −1
⎛
⎝⎜

⎞
⎠⎟
+

1
2QTS

2 −1
⎛
⎝⎜

⎞
⎠⎟

2

+1
⎡

⎣

⎢
⎢

⎤

⎦

⎥
⎥

1/2

This reveals that the low cutoff frequency is proportional to 1/QTS so as you increase the resonance (to get 
more bass) you sacrifice the low cutoff edge. This is the standard tradeoff in resonant filter design. 

Figure 6.16: Normalized 2nd Order HPF Band Edge plots for various values of QTS (in this figure, QT is 
QTS.)

6.10 On Axis Displacement Transfer Function

The Displacement (x) of the driver can also be calculated using the relationship between Volume Velocity 
and Displacement from Chapter 1. It can be found as:

X(s) = 1
(CASMAS )s

2 + CASMAS 1 QTS( )s +1
or

X(s) = eg
VAS

ρoc
2SD

2REω sQES

⎛
⎝⎜

⎞
⎠⎟

1/2
1

s ω s( )2 + 1 QTS( )s ω s +1

 This equations reveal a 2nd Order Low Pass Filter response. 

The frequency of the maximum excursion can be found as:
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fxmax =
fs
QTS

QTS
2 − 0.5

not defined for QTS ≤ 0.707

When plotted for various values of QTS for a given driver with a fixed fs we see a resonant LPF system:

Figure 6.17: The normalized driver Displacement plot for various values of QTS; for values above 0.707 we 
observe a peak in the displacement curves. It makes sense that the excursion would follow this peak/curve.

6.11 On Axis Pressure Sensitivity
The Thiele-Small parameter called Sensitivity is the Pressure Sensitivity; it is the magnitude of the mid-
band on-axis pressure measured at a distance of 1 meter and applying 1VRMS across the voice-coil. 

psens
1V =

2πρo
c

fs
3/2 VAS

REQES

⎛
⎝⎜

⎞
⎠⎟

1/2

psens
1V (dB) = 20 log psens

1V

2x10−5Pa
⎛
⎝⎜

⎞
⎠⎟

The convention is to convert this pressure to dBSPL and the two drivers at the beginning of the chapter have 
very different values (97.4 for the 1028K and 89.2 for the LAB12). The 1028K has a higher output for 
1VRMS across the voice coil, but this does not reflect the power efficiency because we don’t know how 
much (or little) current it took to get that 1V drop. In order to figure out how efficient the driver is, we need 
to find the acoustic output power limit and the electrical input power limit. But, you sometimes see the 
sensitivity specified for 1W of input power to the driver. This can be found by multiplying the 1V pressure 
sensitivity by the square root of RE. 

psens
1W (dB) = 20 log

psens
1V RE

2x10−5Pa
⎛

⎝
⎜

⎞

⎠
⎟
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6.12 Acoustic Output Power
The Acoustic Output Power can be calculated knowing the Volume Velocity and the Radiation Impedance. 
It is calculated as the power radiated into the front air-load only. The Acoustic Output Power is not constant 
across frequencies. Since we know that Acoustic Power and pressure are related proportionally, it would 
follow that the Acoustic Output Power response is similar to the pressure response. This is true up to a 
point; for the Acoustic Output Power we find a second break-point in the high frequency response, fu2. 
NOTE: since this second HF breakpoint is dependent on the driver’s physical size, it may wind up being 
above or below the first HF breakpoint, fu1. Here, it is shown above the first HF breakpoint but that won’t 
aways be the case.

fu2 =
2c a
2π

log(f)

+10

0

-10

-20

-30

-40

-50

-60

10k1k10010 Hz

Power (dB)
fu1 fu2

Figure 6.18: Predicted Acoustic Output Power Response shows the second HF breakpoint and steeper roll-
off; this tends to match more closely the pressure responses we observed in the commercial drivers.

6.13 Reference Efficiency
The Reference Efficiency (η ) is the ratio of the acoustic power output to the electrical power input. This 
value is typically around 2% or so, meaning that 98% of the input power was lost during the transduction. 
Can you think of where this would get lost?

ηo =
PAR
PE

=
4π 2

c3
fs
3VAS
QES

6.14 Displacement Limited Electrical Input Power
The Electrical Power limit of the driver is dependent on the maximum excursion, xmax. The power limit is 
found as:

PE (MAX ) =
1
2
ρoc

2ω sQES

VAS
VD
2 QTS

2 − 0.25
QTS
4

⎡

⎣
⎢

⎤

⎦
⎥
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6.15 Displacement Limited Power Rating
Ultimately, the maximum excursion or XMAX will limit the output power; this power limit can be found by 
combining the PE(MAX) and reference efficiency equations together. The result is valid for mid-band 
frequencies that are in between the LF and HF cutoff points.

PAR(MAX ) =
1
2
UD

2 Re ZAF ( jω )[ ]

=
4π 3ρo fs

4

c
VD
2 QTS

2 − 0.25
QTS
4

⎡

⎣
⎢

⎤

⎦
⎥

VD = SDxmax

NOTE: this is valid for QTS > = 0,707, if QTS < 0.707, use QTS = 0.707 instead

6.16 Voice Coil Impedance
The Voice Coil Impedance responses from the drivers in the beginning of the chapter certainly reveal that 
the impedance varies drastically over frequencies. This is one of the things that makes designing a high-
power amplifier challenging; the load is complex and not a simple resistor. The voice coil impedance ZVC is 
found by looking into the electrical terminals of the driver:

Figure 6.19: ZVC is found by looking into the electrical terminals of the driver; note that the impedance of 
the dependent source can be replaced by its voltage over current (Blu/i).

ZVC can be solved with some math. We can see by looking at the figure that it will be the sum of RE and R’E 
in parallel with LE plus the impedance of the dependent source. That source is dependent on the coil 
velocity and is found in the mechanical circuit, so some of these parameters will show up in the final 
circuit.

ZVC = RE + jωLE / /RE
' + RES

1 /QMS( ) s
ω s

( )
s
ω s

( )2 + 1 /QMS( ) s
ω s

( ) +1
RES = RE

QMS

QES

The equivalent circuit that can give this impedance is shown in Figure 6.20.

Blue 

i
L ERE

R'E

e 

i
L ERE

R'E

Blu
i

ZVCZVC

 19 Copyright (c) 2013 Will Pirkle



Figure 6.20: A voice-coil simulation circuit reveals a parallel RLC network; this implies a resonant 
frequency of some kind, formed when the impedances of the inductor and capacitor cancel out.

LCES = (Bl)
2CMS =

RE
2π fsQES

CMES =
MMS

(Bl)2
QES

2π fsRE

So, we can get all the component values we need from the Thiele-Small parameters. In order to understand 
the overall impedance plot, you have to create simplified equivalent circuits according to frequency range:

For VLF (Very Low Frequencies) the caps are open and the inductors are shorts. This leaves only RE. Thus, 
RE is the DC resistance alone. For 8-ohm speakers, this value is usually around 6-ohms instead. As the 
frequency rises, we get into the LF range. Here the parallel RLC circuit appears as the impedances of the 
reactive components change; the inductor’s impedance is rising while the capacitor’s is falling. This creates 
an increase in impedance. 

Figure 6.21: VLF and LF Circuits. For LF, the parallel L&C impedance is rising. 

e 

i
L ERE

R'E

ZVC

LCES CMESRES

e 

i
RE

ZVC

VLF (and DC)

e 

i
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ZVC

LCES CMESRES
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Parallel L&C
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At some frequency, the parallel inductor and capacitor will cancel out:

R / /L / /C = ZT
1
ZT

=
1
R
+

1
jωL

+ jωC

1 j = − j

1
ZT

=
1
R
− j 1

ωL
+ jωC

The frequency at which these cancel is the resonant frequency of the voice-coil and the driver’s fs. When 
they do cancel out, the impedance reaches a maximum value of RE  + RES.

Figure 6.22: At resonance, the combined impedance is RE  + RES while above that frequency, the parallel 
L&C show up again, this time their impedances moving in the opposite direction.

For high frequencies far above resonance, the coil impedance becomes the dominant component and we are 
left with the circuit in Figure 6.23:

Figure 6.23: At high frequencies the coil impedance dominates. We expect to see a linear rise in impedance.  

e 

i
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e 

i
RE

ZVC

LCES CMESRES

MF (Mid Frequencies, above resonance)

Parallel L&C

e 

i
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HF (High Frequencies above resonance)
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The impedance response shows the combination of these circuits across frequency:

lin(f) Hz

Impedance
 Z

RE

RE RES+

fs

VLF LF

at resonance

MF HF

Figure 6.24: The combined responses of each circuit.The intersection point with 0Hz is the location of RE 

Figure 6.24 shows the final composite plot. We observe the proper values at DC (0Hz) and see the high 
frequency inductive rise (since impedance is linearly related to inductance). We also see the band-pass 
section around resonance formed by the parallel RLC circuit. But you might be thinking about the resonant 
frequency’s impedance -- why is it a maximum rather than a minimum? Since the resonant frequency of a 
system is the frequency where it moves the easiest and with the greatest excursion, why would the 
impedance go up? The answer is Back EMF. Sure, the driver moves easier and has more excursion but this 
generates the maximum Faraday-induced Back EMF which shows up as the spike on our graph.

Go back and look at the Impedance plots from the 1028K and LAB12 drivers. You will see that they peak 
right at the driver resonant frequency, fs. However, notice that these plots are doing with a log frequency 
axis; the left edge of the graph is not DC, but rather 20Hz. If you continued that log axis backwards by a 
decade, you would hit the 2Hz line and continuing back, the 0.2Hz and 0.02Hz lines; in fact you will never 
get back to 0Hz on a log frequency plot! So you are not seeing RE on the plots, you are seeing the 
impedance at 20Hz. 
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Infinite Baffle Design Guide

The design has only one degree of freedom: choose a driver. After that, everything else can be calculated or 
predicted.

(1) Choose Driver. Remember that the driver specs will dictate everything, therefore if you want decent 
bass response, choose a driver with a relatively high QTC of 0.7 to 1.2 or so. Get the following Thiele-
Small Parameters:

T-S Parameter Value

fs Driver Resonant Frequency

QTS QES QMS Resonant Quality Factors (Total, Electrical and Mechanical)

VAS Volume Compliance

MMS Mechanical Mass Equivalent

RE DC Coil Resistance

LE Coil Inductance

SD Surface area of cone

xMAX Maximum peak displacement

(2) Predict Frequency Response:

MMD = MMS − 2SD
2MA MA =

8ρo
3π 2a

MMS =
1

2π fs( )2CMS

CMS =
VAS

ρoc
2SD

2

LF f−3 = β + β 2 +1⎡
⎣

⎤
⎦
1/2
fs β =

1
2QTS

2 −1

fpeak =
QTS fs
QTS
2 − 0.5

peak =
QTS
2

QTS
2 − 0.25

HF fu1 =
REMMS

2πLEMMD
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(3) Plot Predicted Response

+10

0

-10

-20

-30

-40

-50

-60

10k1k10010

dB
fu1

|peak|

fpeakf-3

Check Power Limits & Efficiency

PE (MAX ) =
1
2
ρoc

2ω sQES

VAS
VD
2 QTS

2 − 0.25
QTS
4

⎡

⎣
⎢

⎤

⎦
⎥

PAR(MAX ) =
4π 3ρo fs

4

c
VD
2 QTS

2 − 0.25
QTS
4

⎡

⎣
⎢

⎤

⎦
⎥

ηo =
PAR
PE

=
4π 2

c3
fs
3VAS
QES

Check Sensitivity

psens
1V =

2πρo
c

fs
3/2 VAS

REQES

⎛
⎝⎜

⎞
⎠⎟

1/2

psens
1V (dB) = 20 log psens

1V

2x10−5Pa
⎛
⎝⎜

⎞
⎠⎟

psens
1W (dB) = 20 log

psens
1V RE

2x10−5Pa
⎛

⎝
⎜

⎞

⎠
⎟
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7 The Acoustic Suspension Enclosure

The next enclosure to examine is the Acoustic Suspension o Closed Box loudspeaker. To make this 
enclosure, you mount a driver in a sealed box so that no air can escape. Your concern in the design is to 
calculate the proper volume for the box; this is one more degree of freedom than we had in the Infinite 
Baffle case.

The front of the driver radiates into space while the back of the driver feels the impedance of the 
compliance formed by the closed box. The closed box is partially filled with a fibrous material. The filling 
has several consequences on the system design. First, the filling will help dampen acoustic standing waves 
that happen in the upper frequency ranges; we can’t avoid these standing waves because we have an 
enclosure. At lower frequencies, the filling has the property of increasing the compliance of the air. This 
means that the box volume appears to be larger than it actually is. There is debate as to why this is 
observed. A good argument is a thermodynamic one: as the air in the enclosure compresses, its temperature 
rises. The filling absorbs the heat, cooling the air which causes the pressure to drop. Thus the enclosure has 
a larger apparent volume. This only works at low frequencies. The filling also adds mass-loading to the rear 
of the driver. This is not completely understood but could be due to the air particles trapped in the 
interstitial fiber cells; they act like millions of tiny tubes. Finally, the filling adds dampening to the low 
frequencies as well as a constant resistance factor. The typical filling amount is 20-50% of the enclosure 
volume. In theory, the apparent increase in box volume can not exceed 40% - a conservative number to use 
when designing is that you get about a 20-25%% increase in volume. 

We define the compliance ratio (α) as the ratio of VAS to VAB which is:

α =
VAS
VAB

For an Infinite Baffle:   α < 1
For an Acoustic Suspension:  α > 3

Values of α  between 1 and 3 are not useable as their models overlap too much. This means the volume of 
the enclosure must be at most 1/3 of the volume compliance of the driver.

7.1  Circuit Models for the Acoustic Suspension

To derive the circuit model for the Acoustic Suspension we only need to modify the acoustic circuit by 
adding the new components to the back side of the diaphragm:
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Figure 7.1: The model for the Acoustic Suspension Enclosure

7.2 Low Frequency Solution
This trio of dependent circuits can be combined together into one analogous circuit by using Thevenin or 
Norton equivalents and several pages of paper. For low-frequencies, this reduces to the circuit in Figure 7.2 
(hint: compare this circuit with the analogous circuits for the Infinite Baffle). The component value 
equations are shown below. Examination of the circuit reveals a series RLC bandpass filter. The bandpass 
center frequency (maximum) occurs when the inductor and capacitor impedances cancel out. Compare with 
the Infinite Baffle case from the last chapter.

 

MAC RAC

UD

C AT

RAE

(Sd)(eg)
Bl

Figure 7.2: Low Frequency Analogous circuit

u
MMS RMS
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D
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RA2
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R'E
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RAE =
Bl( )2

SD
2RE

CAS = S
2
DCMS MAD =

MMD

S2
D

RAS =
RMS

S2
D

CAB =
VAB
ρOc

2 MAB =
Bρ
πa

RAC = RAS + RAB CAT =
CASCAB

CAS + CAB

MAC = MAD + MAB + MA

MA =
8ρo
3π 2a

B =  mass loading factor
ρ =  density of filling

Now the compliance ratio can be rewritten:

α =
VAS
VAB

=
CAS

CAB

CAT =
CAS

1+α

Next, we define the Total Volume Compliance VAT as the volume of air having the same compliance as the 
system total compliance CAT:

VAT =
VASVAB
VAS +VAB

=
VAS
1+α

As before, we can solve for the volume velocity UD using Ohm’s Law. After some more math, we get:

UD =
SDeg
Bl

R AE

RATC

1 /QTC( ) s
ω c

( )
s
ω c

( )2 + 1 /QTC( ) s
ω c

( ) +1
RATC = RAE + RAC

ω c = 2π fc =
1

MACCAT

QTS =
1
RATC

MAC

CAT
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One again the LF solution is a bandpass filter response. If you examine these equations, you will see they 
are nearly identical to the volume velocity equations of the last chapter except the subscripts have changed 
from S to C and TS to TC. “C” stands for “closed box.” To find the closed box resonant frequency and Q, 
you need to use the compliance ratio:

 

fc  1+α fs
QMC  1+αQMS

QEC  1+αQES

QTC =
QMCQEC

QMC +QEC

5 ≤QMC ≤ 10 for unfilled enclosures
2 ≤QMC ≤ 5 for filled enclosures

It is common to let QMC = 7.5 for unfilled enclosures and QMC = 3.5 for the filled enclosures. 

7.3 High Frequency Solution

The upper limit of the frequency response is dominated by the electrical and mechanical portions of the 
overall circuit model. It is identical to the solution for the Infinite Baffle. You will notice only the subsrips 
on the mass elements have changed to reflect the new analogous circuit. This produces a 1st Order Low 
Pass Filter with a transfer function of:

Tu (s) =
1

1+ s
ωu

ωu =
MACRE
MADLE

lin(f) Hz

UD

fc fu1

LF Solution

HF Solution

Figure 7.3: The two solutions can be plotted together again to foreshadow the predicted on-axis pressure 
response.
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7.4 On-Axis Pressure Transfer Function

The on-axis pressure transfer function can be found by solving p = UZ in the combination analogous 
circuits, first for the LF solution and then for the HF. After a bunch of math, you get:

p = ρo
2π

Bleg
SDREMAC

s
ω c

( )2
s
ω c

( )2 + 1 /QTC( ) s
ω c

( ) +1
Tu (s)

G(s) =
s
ω c

( )2
s
ω c

( )2 + 1 /QTC( ) s
ω c

( ) +1
then

p = ρo
2π

Bleg
SDREMAS

G(s)Tu (s)

This reveals a 2nd Order HPF band edge on the low end. This is the same as the Infinite Baffle except that 
we have control over the QTC since we control the box volume. The relationship between QTC and QTS is:

 
QTC  1+αQTS 

QTS

fs
fc

Since we know that the compliance ratio must be greater than 1 then this means we can only control the 
QTC in the upwards direction, that is to say we can only increase the resonance of the system, not 
decrease it. Remember also the equation for fc:

fc =
1

2π MACCAT

We control (mainly) CAT by controlling the box volume. Thus we can come up with the following 
overview:

Large Box Volume:
• CAT increases
• fc decreases
• QTC decreases

Small Box Volume:
• CAT decreases
• fc increases
• QTC increases

So, making the box smaller will increase the overall system Q - this can be used to make small loudspeaker 
enclosures sound like they are bass-y. The tradeoff is at the f-3 point; as we increase the Q, this lower 
frequency value also increases. This equation is the same as for the Infinite Baffle except for the new 
subscripts “c” for the closed box parameters.
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f−3 = fc
1

2QTC
2 −1

⎛
⎝⎜

⎞
⎠⎟
+

1
2QTC

2 −1
⎛
⎝⎜

⎞
⎠⎟

2

+1
⎡

⎣

⎢
⎢

⎤

⎦

⎥
⎥

1/2

7.5 Impedance Response

The Acoustic Suspension Impedance Response looks essentially identical in shape to the Infinite Baffle 
except that the peak impedance value occurs at the resonant frequency of the closed box system, fc. The 
equivalent circuit is the same except the component values depend on system Q’s and resonant frequencies.

ZVC = RE + jωLE / /RE
' + RES

1 /QMC( ) s
ω c

( )
s
ω c

( )2 + 1 /QMC( ) s
ω c

( ) +1
RES = RE

QMC

QEC

The equivalent circuit that can give this impedance is shown in Figure 6.19.

Figure 7.4: A voice-coil simulation circuit reveals a parallel RLC network; this implies a resonant 
frequency of some kind, formed when the impedances of the inductor and capacitor cancel out

LCES = (Bl)
2CMS =

RE
2π fcQEC

CMES =
MMS

(Bl)2
QEC

2π fcRE

The same VLF, LF, resonance, MF and HF circuits hold true for the analysis of the Acoustic Suspension 
Impedance Response with the adjusted component values. 

e 

i
L ERE

R'E

ZVC

LCES CMESRES

The Impedance Response is important for designing closed box systems; it can be tested 
electronically and requires no microphone or other sophisticated equipment. You can test and 
verify that your design is correct by measuring the impedance and finding the maximum value. 
Then, adjust the box volume until the Impedance Plot is correct. When it looks correct, the 
frequency response plot will also look correct.
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lin(f) Hz

Impedance
 Z

RE

RE RES+

fc

VLF LF

at system resonance

MF HF

Figure 7.5: The Impedance Plot is the same as Infinite Baffle except the maximum value is now at the 
system resonant frequency, fc

7.5 Alignments and Transient Response

We ultimately have control over the final QTS so we can choose what we want the LF curve to look like. 
Our choice is called an Alignment. You can almost think of this as our manipulation of the alignment of the 
speaker’s resonant frequency and Q to the box’s resonant frequency and Q. 

QTC Name Abbv. f-3/fc Notes

0.2 - 0.5 over-damped OD2 varies best transient response, poorest bass

0.500 critically-damped CD2 1.554 good transient response, poorer bass

0.577 Bessel BL2 1.272 maximally flat delay response, poor bass

0.707 Butterworth B2 1.0 lowest f-3, maximally flat response

> 0.707 Chebychev C2 varies
>1.0

resonant peaking, transient response rings
QTC = 1.0 is a favorite C2 alignment

When examining the resonance (Q) vs. cutoff (f-3) we see that as we increase the resonance, we decrease 
the lower cutoff - this is a common tradeoff in filter design. The tradeoffs are obvious for B2 and C2 
alignments where we relate the cutoff frequency to the resonant peaking. 
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Figure 7.6: comparison of values for QTC from overdamped (QTC = 0.2) to extremely resonant (QTC = 10)

You can also see the drop in the f-3 point as QTC increases in the original paper’s solution plot:

Figure 7.7: the normalized responses from Richard Small’s Closed Box Design paper, zoomed in with a 
max QTC = 2

Transient Response
For over-damped systems, we will get a better transient response. As the resonance increases, the transient 
response overshoots and rings:
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Figure 7.8: Step Responses for various values of QTC: we observe ringing when the system Q exceeds 
0.707

7.6 On Axis Pressure Sensitivity
The Thiele-Small parameter called Sensitivity is the Pressure Sensitivity; it is the magnitude of the mid-
band on-axis pressure measured at a distance of 1 meter and applying 1VRMS across the voice-coil. These 
equations are the same as for the Infinite Baffle except the subscripts have been changed to reflect the new 
system.

psens
1V =

2πρo
c

fc
3/2 VAT

REQEC

⎛
⎝⎜

⎞
⎠⎟

1/2

psens
1V (dB) = 20 log psens

1V

2x10−5Pa
⎛
⎝⎜

⎞
⎠⎟

psens
1W (dB) = 20 log

psens
1V RE

2x10−5Pa
⎛

⎝
⎜

⎞

⎠
⎟
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7.7 Reference Efficiency
The Reference Efficiency (η ) is the ratio of the acoustic power output to the electrical power input. These 
equations are the same as for the Infinite Baffle except the subscripts have been changed to reflect the new 
system.

ηo =
PAR
PE

=
4π 2

c3
fc
3VAT
QEC

VAT =
VASVAB
VAS +VAB

=
VAS
1+α

The Reference Efficiency can also be written as follows:

ηo = kη f−3
3VAB

kη =  an efficiency constant
kη = kη(Q )kη(C )kη(G )

kη(Q ) =  losses due to system Qs (box seal)
kη(C ) =  losses due to system compliances
kη(Q ) =  losses due to system frequency response

The individual equations for the loss factors are:

kη(Q ) =
QTC

QEC

kη(C ) =
VAT
VAB

kη(G ) =
4π 2

c3
1

f−3 fc( )3QTC

Examining the middle term for compliance loss we observe something interesting; if we design an 
enclosure with no fill, we will get a certain efficiency. Adding fill to the box will increase its apparent box 
volume VAB which will decrease the loss constant k. This is an argument for the idea that adding fill to the 
enclosure ultimately makes it more efficient. Do you agree with that argument?

7.8 Displacement Limited Electrical Input Power
The Electrical Power limit of the driver is dependent on the maximum excursion, xmax. These equations are 
the same as for the Infinite Baffle except the subscripts have been changed to reflect the new system.
The power limit will be the amount of power the coil must dissipate at maximum excursion and is found as:
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PE (MAX ) =
1
2
ρoc

2ω cQEC

VAT
VD
2 QTC

2 − 0.25
QTC
4 C

⎡

⎣
⎢

⎤

⎦
⎥

or

PE (MAX ) =
PAR(MAX )
ηo

7.9 Displacement Limited Power Rating
Ultimately, the maximum excursion or XMAX will limit the output power; this power limit can be found by 
combining the PE(MAX) and reference efficiency equations together. The result is valid for mid-band 
frequencies that are in between the LF and HF cutoff points. These equations are the same as for the 
Infinite Baffle except the subscripts have been changed to reflect the new system.

PAR(MAX ) =
4π 3ρo fc

4

c
VD
2 QTC

2 − 0.25
QTC
4

⎡

⎣
⎢

⎤

⎦
⎥

VD = SDxmax

NOTE: this is valid for QTC > = 0,707, if QTC < 0.707, use QTC = 0.707 instead

NOTE: Enclosure designs are for bass response only and therefore only apply to woofers. Tweeters 
and midrange drivers have such tiny excursions that practically any enclosure for a woofer will appear 
as an Infinite Baffle for these components, so we do not bother designing enclosures for them. That 
said, some of these components will come with a sealed enclosure already designed and connected. 
The enclosure may only be there to protect the back of the cones from vibrations from the woofer.
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Acoustic Suspension Design Guide

The end result of our design with be a box volume; that volume ultimately controls the overall QTC of the 
system. To design the enclosure there are two basic methods; one of them is less accurate because it does 
not take into account the filling in the enclosure. Enclosure design is an iterative process. You can either 
start with a given driver and then choose either QTC or your desired fc or f-3 and work back to the QTC or 
you can try to specify the final system responses, QTC and f-3 and find a driver that will meet these 
specifications. Don’t forget that the driver must actually fit in the enclosure! 
Remember that we can only increase the resonance of our box system so you need to choose a driver with a 
resonance lower than the desired. You can use the alignment table for selecting your target QTC and 
calculating your final f-3 point.

(1) Choose Driver. Get the following Thiele-Small Parameters:

T-S Parameter Value

fs Driver Resonant Frequency

QTS QES QMS Resonant Quality Factors (Total, Electrical and Mechanical)

VAS Volume Compliance

xMAX Maximum peak displacement

SD Surface area of cone

RE DC Resistance of the coil

LE Inductance of the coil

MMS Mechanical Mass of the Suspension

(2) Predict Frequency Response:

Vance Dickason, Simplified (from The Loudspeaker Design Cookbook)

1) decide on the final QTC of the system and select a driver that has a QTS that is lower than the desired 
response remember we can only increase the system Q

2) Calculate the compliance ratio (α)  and then the box volume and the predicted resonant frequency; this 
design guesstimates the increase to the box volume as a 20% gain

 

α =
QTC

QTS

⎛
⎝⎜

⎞
⎠⎟

2

−1

VAB =
VAS
α

 unfilled

VAB =
VAS

1.25α
 filled 50%

fc  1+α fs
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Richard Small, Complete (from AES Paper)

1) decide on the final QTC of the system and select a driver that has a QTS that is lower than the desired 
response remember we can only increase the system Q

2) Guesstimate the mechanical quality factor QMS using the rules of thumb:

5 ≤QMC ≤ 10 for unfilled enclosures
2 ≤QMC ≤ 5 for filled enclosures

3) Calculate QEC, the compliance ratio (α)  and then the box volume and the predicted resonant frequency

 

QEC =
QMCQTC

QMC +QTC

α =
QEC

QES

⎛
⎝⎜

⎞
⎠⎟

2

−1

VAB =
VAS
α

 unfilled

VAB =
VAS

1.25α
 filled 50%

fc  1+α fs

In both designs, the f-3 is found with:

f−3 = fc
1

2QTC
2 −1

⎛
⎝⎜

⎞
⎠⎟
+

1
2QTC

2 −1
⎛
⎝⎜

⎞
⎠⎟

2

+1
⎡

⎣

⎢
⎢

⎤

⎦

⎥
⎥

1/2

Both designs produce a final Box Volume. To design the box, we first have to estimate the volume the 
driver itself takes up:

Vdriver ( ft) ≈ 6x10−6d 4 ft 3

Vdriver (L) ≈ 170x10−6d 4L
d =  advertised diameter of the driver in inches

Enclosure Dimensions
Once that is done, you need to decide on the dimensions of the enclosure. Two popular rules-of-thumb exist 
for the relationship between length, width and height:

Golden Ratio:  0.6 x 1.0 x 1.6

Squarish:  0.8 x 1.0 x 1.25
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Remember that standing waves will be set up in the enclosure so the dimensions will alter those modes. 
Perfectly cube and perfectly spherical enclosures are typically (but not always) avoided. 

Build the enclosure and measure the input impedance of the speaker. This is done with an AC input 
source (oscillator), low power amplifier, and a power resistor that you must choose; its value should be in 
the range of the impedances you expect; 32 ohms is a good place to start. To find the impedance, apply the 
oscillator to the circuit below and measure the AC input VIN as well as Vx for various frequencies. The 
impedance at a given frequency is found by back-solving the resistor divider equation:

ZB =
RX

VIN VX −1

+
R X

V X

-AC 
Source

VIN

Z B

Figure 7.9: Test setup for measuring the input impedance a loudspeaker

Check your fc by finding the impedance maximum. Adjust the volume of the box until your fc is tuned 
properly. 

Plot the responses:

Figure 7.10: Plot the predicted Frequency Response
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LF f−3 = β + β 2 +1⎡
⎣

⎤
⎦
1/2
fs β =

1
2QTC

2 −1

fpeak =
QTC fc
QTC
2 − 0.5

peak =
QTC
2

QTC
2 − 0.25

NOTE: Using simpler Infinite Baffle equations here since MAB is very difficult to predict, especially with 
fill material.

HF fu1 =
REMMS

2πLEMMD

fu2 =
c 2
2πa

MMD = MMS − 2SD
2MA MA =

8ρo
3π 2a

(4) Check Power Limits & Efficiency

PAR(MAX ) =
4π 3ρo fc

4

c
VD
2 QTC

2 − 0.25
QTC
4

⎡

⎣
⎢

⎤

⎦
⎥

VAT =
VASVAB
VAS +VAB

=
VAS
1+α

ηo =
PAR
PE

=
4π 2

c3
fc
3VAT
QEC

PE (MAX ) =
PAR(MAX )
ηo

(5) Check Sensitivity

psens
1V =

2πρo
c

fc
3/2 VAT

REQEC

⎛
⎝⎜

⎞
⎠⎟

1/2

psens
1V (dB) = 20 log psens

1V

2x10−5Pa
⎛
⎝⎜

⎞
⎠⎟

psens
1W (dB) = 20 log

psens
1V RE

2x10−5Pa
⎛

⎝
⎜

⎞

⎠
⎟
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Design Example:

Design an Acoustic Suspension enclosure for the Eminence LAB12 Driver from Chapter 6. The alignment 
is B2. Use a 50% Acousta-Stuf Fill.

From the data-sheet:

fs = 22Hz
QTS = 0.38
QMS = 13.32
QES = 0.39
VAS = 125.2L / 4.4 ft

3

xMAX = 13.00mm
SD = 506.7cm2

RE = 8ohms
LE = 1.48mH

MMS = 146gm

• For B2 Alignment: QTC = 0.707

• Let QMC = 3.5 = a guess for filled enclosures

• Calculate QEC, the compliance ratio (α)  and then the box volume and the predicted resonant frequency

 

QEC =
QMCQTC

QMC +QTC

= 0.588

α =
QEC

QES

⎛
⎝⎜

⎞
⎠⎟

2

−1 = 1.274

VAB =
VAS
1.25α

= 2.76 ft 3

fc  1+α fs = 33.2Hz

• Find f-3 (NOTE: we can use the alignment table f-3/fc = 1.0 for B2 alignments as well as the equation)

f−3 = fc
1

2QTC
2 −1

⎛
⎝⎜

⎞
⎠⎟
+

1
2QTC

2 −1
⎛
⎝⎜

⎞
⎠⎟

2

+1
⎡

⎣

⎢
⎢

⎤

⎦

⎥
⎥

1/2

= 33.2Hz

• Final box volume:
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Vdriver ( ft) ≈ 6x10
−6d 4 ft 3 = 0.124 ft 3

VB = VAB +Vdriver = 2.884 ft
3

• Dimensions: use the Golden Ratio and let height be largest length followed by width and depth:

Golden Ratio:  0.6 x 1.0 x 1.6

We can find the 1.0 distance by multiplying the ratios together

0.6x( ) x( ) 1.6x( ) = 0.96x3

x = 2.884
0.96

3 = 1.44 ft = 17.2"

We know the diameter of the driver is 12” so the box has to be at least this wide; adding an extra inch on 
each side gives w = 14” = 1.17ft and since the width is the second largest, it’s scaling is 1.0 so we get:

l = (1.6)(1.44) = 2.30ft = 27.6”
w = 1.44ft = 17.2”
d = (0.6)(1.44) = 0.864ft = 10.36”

Is this satisfactory? We need to check the dimensions of the driver to make sure it will fit: the depth is 6.44 
inches so we are good to go. 

27.2"

17.2"
10.4"

Figure 7.11: Scale drawing of the enclosure (so far)

Since we have a B2 alignment we know there is no peak frequency or magnitude. Our predicted Frequency 
Response is completed with the upper cutoff:
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HF fu1 =
REMMS

2πLEMMD

a = 12cm = 0.12m

MA =
8ρo
3π 2a

= 2.65kg

MMD = MMS − 2SD
2MA = 0.146kg − 2(0.05067)

2 (2.65) = 132gm

fu1 =
REMMS

2πLEMMD

=
8(0.146)

2π (0.00148)(0.132)
= 948Hz

+10
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10k1k10010

dB

fu1
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Figure 7.12: The predicted LF response for our Acoustic Suspension system

• Spec Power Limits

VD
2 = xmaxπa

2( )2
= 588x10−6( )2

= 345.9x10−9m4

PAR(MAX ) =
4π 3ρo fc

4

c
VD

2 QTC
2 − 0.25
QTC

4

⎡

⎣
⎢

⎤

⎦
⎥ =

4π 3(1.18)334

345
345.9x10−9 (0.707)2 − 0.25

(0.707)4

⎡

⎣
⎢

⎤

⎦
⎥ = 0.174WAcoustic

VAT =
VASVAB
VAS +VAB

=
VAS

1+α
=

125.4
1+1.274

= 55.1L

ηo =
PAR
PE

=
4π 2

3453

3330.0551
0.588

= 0.00323 = 0.3%   note: converted L to m3

PE (MAX ) =
0.174

0.00323
= 54.38W

• Spec Sensitivity:
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psens
1V =

2πρo
c

fc
3/2 VAT

REQEC

⎛
⎝⎜

⎞
⎠⎟

1/2

=
2π (1.18)
345

333/2 0.0551
8(0.588)

⎛
⎝⎜

⎞
⎠⎟

1/2

= 0.162

psens
1V (dB) = 20 log psens

1V

2x10−5Pa
⎛
⎝⎜

⎞
⎠⎟
= 78.1dB
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8 The Bass-Reflex Enclosure

The Bass-Reflex Enclosure augments the Closed-Box with a tube, port or vent. This enclosure goes by the 
following names:

• Bass Reflex
• Ported
• Vented
• Thiele-Small

This clearly un-seals the enclosure. Vented boxes typically only have a thin layer of acoustic filling (1-2”) 
glued to the inner walls to prevent standing waves. But too much filling can interfere with the operation of 
the tube. The fundamental principle of operation of this enclosure is to use the tube/enclosure as a 
Helmholts Resonator at very low frequencies to extend the low frequency response of a speaker system. 
This means we are adding a resonator to our existing enclosure design. This adds two another reactive 
component (the mass in the tube) and another degree of freedom in design. Great care must be taken in the 
design and fabrication of these enclosures - not for beginners. The iterative process may go on for quite 
some time before the final version is tuned and fully tested as ready for use.

port port

Figure 8.1: The Bass-Reflex Enclosure features a port or vent; the port does not have to be circular, though 
it usually is for non-PA type speakers

The advantages and disadvantages over a Closed-Box System are in table 8.1

Pros Cons

can have a lower f-3 than a closed-box with 
the same efficiency η

but, the enclosure will be larger than the 
closed-box

can have a better efficiency η than a 
closed-box with the same volume

but the f-3 will usually be the same or higher 
than the close-box

extends response with Helmholtz 
Resonator

the resonator can cause unwanted audible 
effects

Table 8.1: some pros and cons of the Bass Reflex Enclosure
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8.1 Modeling The Bass-Reflex Enclosure

The model for a Bass-Reflex Enclosure consists of three components: the driver, the port, the chamber 
(compliance of enclosure) and the losses due to leaks in the enclosure (seal) and losses due to absorption. 
This is the only enclosure where we try to take these losses into account; the construction is more difficult 
than a closed-box design. Richard Small starts with a basic assumption that each of the components has an 
associated volume velocity, U:

• The Driver Volume Velocity: UD

• The Port Volume Velocity: UP

• The Box Volume Velocity: UB

• The Lossy-Leak Volume Velocity: UL 

• The Lossy-Absorption Volume Velocity: UA

The value of UL is determined by the quality of the carpentry/construction of the enclosure. Each of these 
Volume Velocities has an associated Q for the resonance of the Volume Velocity:

• The Driver Q: QD

• The Port Q: QP

• The Box Q: QB

• The Lossy-Leak Q: QL

• The Lossy-Absorption Q: QA

The value of QL is determined by the quality of the carpentry/construction of the enclosure. The complete 
circuit is shown in Figure 8.2.

u
MMS RMS

SD

D

CMS

BliBlue 

i
L ERE

SDu D

p D
MA

RA1

RA2

CA

MAB

R'E

RAL

UD

UL

CAB

U P

MAP

Helmholtz Resonator

U B

U0

Figure 8.2: The complete electro-mechanico-acoustical model circuit for the Bass Reflex Enclosure; a 
Helmholtz Resonator (HH) is connected to the back side of the driver.
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MAP =
ρo
SP

LP +1.462 SP
π

⎛

⎝⎜
⎞

⎠⎟

SP =  cross sectional area of port
LP =  total length of port including flanged and unflanged corrections

CAB =
VAB
ρoc

2

The resistive air loss RAL has to be guesstimated. MAB is the mass of air trapped in the filling in the box and 
must also be estimated. You will notice that all three volume velocity components MAP, CAB, and RAL 
connect to the other side of the air load because the port opens to the outside connecting the air load on the 
front to the air load on the back of the cone.

8.2 The LF Combination Analogous Circuit 

Applying the Norton Equivalent Circuit modeling technique with some math crunches the three circuits 
into one analogous circuit for low frequencies. The MAC component models the combined masses on the 
diaphragm.

MAC R AS

UD

C AS

RAE

(Sd)(eg)
Bl

RAL

UL

CAB

U P

MAP

Helmholtz Resonator

U B

U0

Figure 8.3: The LF Combination Analogous Circuit for the Bass-Reflex Enclosure; notice there are 4 
reactive components

MAC = MAD + MAB + MA

8.3 Bass-Reflex Operation

The Bass-Reflex Enclosure is interesting because it combines a Helmholtz Resonator (the tube + enclosure 
chamber) to augment the bass response of the driver. The Helmholtz Resonator has its own resonant 
frequency fB and quality factor QB.  To understand the behavior, we break the problem down into three 
parts - below fB at fB and above fB.

Below fB
Below the HH resonant frequency, the driver experiences an effect called unloading. The driver moves 
back and air blows out through the port. The driver moves out and air is sucked into the port. Therefore, the 
driver feels no real acoustic load from the enclosure. This can be a problem in Bass-Reflex designs; in 
some cases a HPF is used to prevent very low frequencies from getting to the driver possibly causing 
damage from exceeding xMAX. The Resonator is not producing any output.
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driver pushes 
out

air is sucked 
in

driver pushes 
in

air is forced 
out  

Figure 8.4: Below the HH frequency, unloading occurs as air moves freely from outside to inside the 
enclosure and back. All of the output of the system comes from the driver as the HH resonator is effectively 
“off.”

Above fB
Above the HH resonant frequency, the driver’s excursion is small and the box behaves as an infinite baffle. 
The Resonator is not producing any output.

minimal 
excursion

minimal air 
flow

Figure 8.5: Above the HH frequency, excursion is limited, All of the output of the system comes from the 
driver as the HH resonator is effectively “off”

At fB
At the HH resonant frequency is where the magic happens. Something very interesting occurs. We are 
energizing the HH resonator from the back side. The amount of delay time it takes for the acoustic wave to 
reach the opening of the port on the front is enough to exactly invert its phase 360 degrees, placing the 
output of the HH resonator in-phase with the front side of the cone. The HH resonator is in phase with the 
driver! 

 4 Copyright (c) 2013 Will Pirkle



driver pushes 
out

air moves 
out, prevents 
driver motion 
by forming a 
vacuum on 
other side

driver pushes 
in

air moves in, 
prevents 

driver motion 
with 

increased 
pressure

Figure 8.6: At the HH frequency, the driver does not move at all in theory; 100% of the audio output is 
from the port.

So what follows is quite amazing: when the driver tries to push outward, air is flowing out of the port at the 
same time preventing it from moving out and when the driver tries to push inward, air is flowing into the 
port, stopping the driver from moving in. This means that at the HH resonant frequency, the driver is not 
moving at all and 100% of the system output is coming from the port! However, the driver is really trying 
hard to move. This causes excess mechanical stress on the driver suspension at the HH frequency. This 
presents another problem with these designs; the drivers undergo a large amount of mechanical stress at the 
HH frequency and this can cause mechanical failure. 

8.4 Driver Excursion & Resonator Output
We can plot the driver excursion and resonator output together on the same graph. You see in Figure 8.7 
that the Driver Excursion reaches a theoretical minimum at the HH frequency.

lin(f) Hz

x(cm)
dB(SPL)

fB

HH Resonator (dB)

Driver Excursion (x)

unloading of driver causes 
excess excursion at VLF

Figure 8,7: Plotting the driver excursion (x) and the HH output (dB) reveals how the Bass-Reflex Enclosure 
operates.

The null in the excursion is at the HH frequency; below that the excursion is excessive due to unloading 
and above it, the excursion is naturally very small. Figure 8.8 shows some different combinations of 
aligning the box resonant frequency with the driver response. Changing the alignment can create over, 
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under, or just damped curves. You can see that minor errors in the alignment of the resonances could have 
disastrous results in the frequency response as unwanted dips or peaks outside the driver’s resonant range.

lin(f) Hz

dB(SPL)

fB

HH Resonator

Driver

lin(f) Hz

dB(SPL)

fB

HH Resonator

Driver

lin(f) Hz

dB(SPL)

fB

HH Resonator

Driver

Combined

Combined

Combined

Figure 8.8: Three possible alignments between the driver and the HH resonator. The upper 2 graphs exhibit 
peaking in the response so we might label them Chebychev while the lower one appears to be maximally 
flat (Butterworth). 

8.5 Problems with the Vent

We discussed that the vent will cause unloading and therefore mechanical stresses on the driver. In addition, 
at the HH frequency when the driver’s excursion is 0, there is no back EMF being generated so the input 
impedance is RE alone; this creates excess current flowing at the resonant frequency. Therefore at the HH 
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frequency, the driver must dissipate much more power as heat than at the system resonant frequency of an 
acoustic suspension enclosure. 

Chuffing/Windage
Figure 8.9 shows a condition that must be avoided; the back of the vent must be at least 3” from a wall of 
the enclosure. When this occurs, audible noise is created due to the flow of air around the vent opening. 
This is sometimes called “chuffing” or “windage.” Figure 8.9 also shows several solutions. You can extend 
the port outside the enclosure (in fact, there’s nothing illegal about the whole length of the port being 
outside the enclosure other than aesthetics). You can also curve the vent to provide the same port length but 
with an easier geometry. Alternatively multiple ports can be used. 

Figure 8.9: Improper location of the back of the vent near enclosure surfaces can result in audible noise; 
two solutions are shown.

Organ Pipe Resonances
If the tube length turns out to be very long, standing waves can be set up in the tube at harmonics of the 
tube length. These can cause peaks or notches in the response. The location of the vent relative to the driver 
is also a factor because of the mutual coupling that will occur between the two. The resonances are very 
unpredictable and given a complete frequency response plot, might be difficult to separate from mechanical 
resonances and standing waves on the surface of the cone. 

log(f)

dB

+10

0

-10

-20

-30

-40

-50

-60

1k10010 Hz
Figure 8.10: This greatly exaggerated plot shows what pipe-resonances alone wold look like; in this case 
they get worse as the frequency gets higher.

<3" 3" 3"

BAD GOOD
Looks Funny

GOOD
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8.6 On-Axis Pressure Transfer Function

The total Volume Velocity U0 is the sum of the three Volume Velocities we discussed in the beginning of the 
chapter.

U0 =UD +UL +UP = −UB

MAC R AS

UD

C AS

RAE

(Sd)(eg)
Bl

RAL

UL

CAB

U P

MAP

Helmholtz Resonator

U B

U0

Figure 8.3 (again): The combination analogous circuit

Deriving the total Volume Velocity requires a large amount of algebra. We wind up with two resonances, fB 
the resonant frequency of the box/port combination and fs the resonant frequency of the driver. The final 
equation is:

U0 (s) =
Bleg

SDR EMAS

s3 ω0
4

s ω0( )4 + a3 s ω0( )3 + a2 s ω0( )2 + a1 s ω0( ) +1

ω0 = ωSωB

a1 =
1

QL h
+

h
QTS

a2 =
α +1
h

+ h + 1
QLQTS

a3 =
1

QTS h
+

h
QL

QL = RAL
CAB

MAP

Take a look at the QL term here - normally for RLC resonant circuits the Q is defined like this:

Q =
1
R

L
C

which is the opposite of the QL here. For this design, the QL is inverted which means that higher values of 
QL represent less-lossy enclosures. 

Notice the Volume Velocity is a function of s (j ω). We define the following terms to be used in our designs:
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Tuning Ratio h = ωB

ωS

=
fB
fS

Compliance Ratio α =
VAS
VAB

=
CAS

CAB

Inverse Compliance Ratio S = 1
α

=
VAB
VAS

The On-Axis Pressure Response is:

p = ρo
2π

jωU0

After some more algebra we can represent the solution as:

p = ρo
2π

Bleg
SDR EMAS

s ω0( )4
s ω0( )4 + a3 s ω0( )3 + a2 s ω0( )2 + a1 s ω0( ) +1

=
ρo
2π

Bleg
SDR EMAS

G(s)

G(s) =
s ω0( )4

s ω0( )4 + a3 s ω0( )3 + a2 s ω0( )2 + a1 s ω0( ) +1

The pressure is also a function of s and the filter response is a 4th order HPF. The coefficients a1, a2, and a3 
determine the shape of the HPF varying from over-damped to resonant (Chebychev). When we design an 
enclosure we are really finding the dimensions of the box and tube which create the coefficients we need 
for a given filter response. This all depends on the driver we select and our carpentry skills: notice we only 
design with the QL term. 

8.7 Alignments

The Alignments are based on the magnitude squared version of the pressure transfer function’s frequency 
dependent term, G(s). See Vented-Box Loudspeaker Systems Part IV: Appendices by Richard Small for 
the derivations of the alignments that follow. We start with the generalized magnitude squared transfer 
function:

NOTE: Enclosure designs are for bass response only and therefore only apply to woofers. Tweeters 
and midrange drivers have such tiny excursions that practically any enclosure for a woofer will appear 
as an Infinite Baffle for these components, so we do not bother designing enclosures for them. That 
said, some of these components will come with a sealed enclosure already designed and connected. 
The enclosure may only be there to protect the back of the cones from vibrations from the woofer.
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GV (s)
2 = GV ( j2π f )

2 =
f f0( )8

f f0( )8 + A3 f f0( )6 + A2 f f0( )4 + A1 f f0( )2 +1
A1 = a1

2 − 2a2
A2 = a2

2 + 2 − 2a2a3
A3 = a3

2 − 2a2

For any given Alignment the solution is found by setting the magnitude squared transfer function to 0.5 
(half power or -3dB in magnitude) and solving for the roots. This is done with the intermediate variable d:

d = f−3 f0( )2

and

GV ( j2π f ) 2 =
1
2

solve for the roots of the resulting equations
d 4 − A3d

3 − A2d
2 − A1d −1 = 0

and
r4 − (a3QL )r3 + (a1QL )r −1 = 0

The solutions are related to our design parameters as follows (these are the answers!)

h = fB
fS

= r2 q = f−3
fS

= r d QTS =
r2QL

a1rQL −1

α =
VAS
VB

= r2 a2 −
1

QLQTS

− r2
⎛
⎝⎜

⎞
⎠⎟
−1

There are three common alignments however the Chebychev alignments contain a family of responses 
which generate various amounts of ripple in passband and a resonant hump at the edge of the stop-band. 
The alignments for Bass-Reflex are QTS dependent as with the Acoustic Suspension. However, since we are 
also including the Helmholtz Resonator in the design, our target QTS value changes; instead of hinging on 
the 0.707 value, it now revolves around a range of values depending on the loss value, QL. 

QL ranges in value from 3 to infinity; these are empirical measurements made on actual cabinets and 
drivers. The higher the number the less-lossy the enclosure. A QL of infinity would represent a perfect, 
lossless enclosure. Small notes “the enclosures tested were well built and appeared to be quite leak-free. In 
fact, some of the more serious leaks were traced to the drivers. These leaks were caused by imperfect 
gasket seals and/or by leakage of air through a porous dust cap.” We typically use QL = 7 as a starting point 
then tune the final system to this value. For QL = 7, a QTS of 0.405 will give the 4th Order Butterworth 
response; the others are based on it’s QTS value. 
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This table is for QL = 7:

QTS Name Abbv. q: f-3 vs. fs h: fB vs. fs

< 0.405 Quasi-Butterworth QB3 q > 1: f-3 > fS h > 1: fB > fS

0.405 Butterworth B4 q = 1: f-3 = fS h = 1: fB = fS

> 0.405 Chebychev C4 q < 1:f-3 < fS h < 1: fB  < fS

For the Butterworth Design here is the QL and QTS relationship (remember, the higher the QL the leakier the 
enclosure). The other designs are based on it.

QL QTS

infinity 0.383

20 0.39

10 0.398

7 0.405

5 0.414

3 0.439

8.8 The B4 Alignment

This seems to be the most sought after alignment because it has the best tradeoff of good transient response 
and low-end response. There is no resonant peaking. The 4th Order Butterworth Response is:

GV ( j2π f )
2 =

f f0( )8
f f0( )8 +1

Thus A3 = A2 = A1 = 0 and:

a2 = 2 + 2

a3 = a1 = 2a2

NOTES:
• The B4 Alignment is the only one that has q = 1 for all values of QL so its f-3 will always equal the driver 

resonant frequency fS

• The B4 Alignment has h = 1 for all values of QL so the box resonance fB is exactly aligned with the driver 
resonance fS

• The Butterworth Response is maximally flat through out the passband and has no peaking; it is 4th order 
so it rolls off at 24dB/octave

• It is a good tradeoff between transient response and low end
• For a given QL there is only one value of QTS that can produce a B4 alignment; this is not true for the 

Acoustic Suspension where any QTS could be used as long as it was below the target QTC
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8.9 The QB3 Alignment

The Quasi-3rd Order Butterworth alignment is still technically a 4th order system, but its slope rolls off less 
steeply at frequencies far from the cutoff; the name Quasi-Butterworth came from Thiele. 

GV ( j2π f )
2 =

f f0( )8
f f0( )8 + B2 f f0( )2 +1

The value of B determines the response; when B = 0 we get the B4 Alignment. For the QB3 Alignment you 
specify B > 0 and solve for the roots. Comparing the equation to our generalized magnitude squared 
function reveals that:

A2 = A3 = 0

A1 = B2

therefore:

B2 = a1 − 2a2 2

a2 > 2 + 2

a3 = 2a2

a1 =
a2
2 + 2
2a3

NOTES:
• The QB3 Alignment will require a QTS that is lower than the B4 Alignment
• The QB3 Alignment will have a higher f-3 than the B4
• The Butterworth Response is maximally flat through out the passband and has no peaking; it is Quasi-3th 

order so it rolls off at 18dB/octave far from the cutoff
• Its transient response is about the same as the B4; perhaps only slightly better

The two Butterworth Alignments are plotted here by holding the f-3 constant. This shows a tradeoff between 
bass just below the cutoff.
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Figure 8.10: The B4 Alignment has more bass before cutoff but the QB3 Alignment has more bass after 
cutoff.

8.10 The C4 Alignment Family

Chebychev filters are characterized by their ripple in the passband. The ripple varies between 1 and 1+  ε2 as 
shown in Figure 8.6 below:

log(f)

+10

0

-1.0

-2.0

-3.0

-4.0

-5.0

-6.0

1k10010 Hz

dB

!2

Figure 8.11: Chebychev responses are based on the amount of ripple in the passband.

Therefore, there are a family or Chebychev responses given by the magnitude squared function:
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GV ( j2π f )
2 =

1+ ε 2

ε 2 8 fn f( )4 − 8 fn f( )2 +1( )2 +1
fn =

f−3
2
1+ 4 2 + 1ε 2
⎡
⎣⎢

⎤
⎦⎥
1/2

ε = 10
dB(ripple)

10 −1

We define a factor k that is related to the ripple amount by:

k = tanh 1
4
sinh−1 1

ε
⎛
⎝⎜

⎞
⎠⎟

⎡
⎣⎢

⎤
⎦⎥

The family of Chebychev responses can now be related to the value of k for our designs. Figure 8.7 shows 
several of these Chebychev curves displaced so you can see the different ripple amount. As k decreases, the 
ripple amount increases:

log(f)

+10

0

-1.0

-2.0

-3.0

-4.0

-5.0

-6.0

1k10010 Hz

dB

k = 0.2

k = 0.33

k = 0.5

Figure 8.12: Several different responses for a few values of k.

To calculate the Chebychev Alignment data, you first specify the ripple in dB and calculate ε  and k. Then:

D =
k 4 + 6k2 +1

8

a1 =
k 4 + 2 2

D1/4 a2 =
1+ k2 (1+ 2)

D1/2 a3 =
a1
D1/2 1− 1− k

2

2 2
⎛
⎝⎜

⎞
⎠⎟

NOTES:
• The C4 Alignment will require a QTS that is higher than the B4 Alignment
• The C4 Alignment will have a lower f-3 than the B4
• The Chebychev responses will reveal peaking and rippling in the passband
• Its transient response is not as good as the B4 Alignment
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8.11 Alignment Comparisons

When plotted together you can see the differences in the alignments; the two curves at the right are both 
QB3 with various different values for the B factor:

Figure 8.13: All the alignments plotted together and offset to see the differences in peaking and rolloff 
slope.

The Transient (Step) responses are shown below. These reveal ringing for all but the SC4 response. The 
KIEBS and SC4 (Sub-Chebychev 4th Order) are considered experimental.

Figure 8.14: The normalized step responses for the various alignments.
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8.12 Voice Coil Impedance

When looking into the voice coil terminals we see the effects of the unloading at low frequencies, the null 
motion of the driver at the HH resonant frequency, and the effect of the vent together. If we assume the air 
load on the diaphragm is the same as for an infinite baffle the voice coil impedance function is

ZVC (s) = RE + RES
1 QMS( ) s ωS( ) s ωB( )2 + 1 QL( ) s ωB( )⎡

⎣
⎤
⎦

s ω0( )4 + b3 s ω0( )3 + b2 s ω0( )2 + b1 s ω0( ) +1

RES = RE
QMS

QES

b1 =
1

QL h
+

h
QMS

b2 =
α +1
h

+ h + 1
QLQMS

b3 =
1

QMS h
+

h
QL

The circuit that produces this impedance is doubly-resonant and is shown in Figure 8.12. It consists of both 
Series RLC and Parallel RLC networks, each of which produces a bandpass response. (Why?)

e 

i
L ERE

R'E

ZVC

LCES CMESRES

REL

LCEB

CMEP

Figure 8.15: The voice-coil equivalent circuit.

RES = RE
QMS

QES

LCES = (Bl)
2CMS CMES =

MMS

(Bl)2

REL =
Bl( )2
SD
2RAL

LCEB =
(Bl)2CAB

SD
2 CMEP =

SD
2MAP

(Bl)2

The voice coil plot reveals two impedance maxima. The null between the two peaks is where the driver is 
not moving and there is no back EMF: this is at the Helmholtz Frequency. The twin peaks are caused by the 
two resonant sub-circuits. The null point between them occurs at the Helmholtz Frequency. The impedance 
measurement is one way to check the port tuning. In the case of QTS = 0.4 (approx) the two peaks will have 
the same height; this will usually correspond to a B4 alignment. 
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Impedance
 Z

RE

fB

Figure 8.16: The predicted impedance plot for the voice coil equivalent circuit. The HH Frequency is the 
null between the peaks.

8.13 Power, Efficiency and Excursion

The excursion limited output power PAR(max) is:

VD(max) = xmaxπa
2

PAR(max) = 3 VD(max) f−3
2⎡⎣ ⎤⎦

2

The reference efficiency and maximum electrical input power are:

η0 =
4π 2

c3
fS
3VAS
QES

PE (max) =
PAR(max)
η0

8.14 Enclosure Design with Nomographs

Bass Reflex Enclosure design is much more involved than the simple closed box case. It is also more 
limited. For the Acoustic Suspension, we are free to design any alignment we want as long as the final QTC 
is higher than the driver’s QTS (ie we can only increase resonance). For the Bass Reflex design, the driver’s 
QTS dictates the alignment instead. If you go back and think about all the equations/variables required for 
the three alignments you will see that you need:

For all three
• QTS

• QL

• α
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• q
• h

For QB3
• B

For C4
• k

The resulting design solution are a box volume VAB and a box frequency fB from which the port dimensions 
are found. But there are far more variables and equations than these two solutions. One way to deal with 
this is to write a program for making all the calculations - you can do that with all the equations in this 
Chapter but you might have some problems with the analog filter coefficients if you do not have a 
background in analog filter design. An older, and more interesting solution is called a nomograph. It 
consists of solutions to all the equations in the form of axes and curves. You use a ruler to draw lines that 
cross the curves and axes and then read the values off of the graph. These have been used since the 1950’s 
for solving engineering problems without using a calculator or computer. The equations only need to be 
solved once and then graphed. The method is easy to understand. The first thing to note is that we will need 
a separate nomograph for each QL we can specify. Since this is an estimate right from the beginning, we 
don’t need a whole lot of graphs. Richard Small specified nomographs for the following values: QL = 3, 5, 
7, 10, 20 and infinity (lossless).

Let’s examine one of these nomographs first, the one we will usually start with QL = 7.

Figure 8.17: Nomograph for QL = 7

You can see that all the variables are represented; the right axis has values for both q and h while the top 
axis has both B (QB3) and k (C4) variables. You can also see that the range of values for QTS that will give 
acceptable designs is about 1.5 to 0.58 (the left axis) and the range of compliance ratios (α) is about 0.25 to 
10 which is a fairly large range (this value sets the final box volume). You can design the enclosure in less 
than a minute by simply drawing two perpendicular lines on this graph. 
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Bass Reflex Design Guide

(1) Choose Driver. Get the following Thiele-Small Parameters:

T-S Parameter Value

fs Driver Resonant Frequency

QTS QES QMS Resonant Quality Factors (Total, Electrical and Mechanical)

VAS Volume Compliance

xMAX Maximum peak displacement

SD Surface area of cone

RE DC Resistance of the coil

LE Inductance of the coil

MMS Mechanical Mass of the Suspension

(2) Decide on your carpentry skills - choose a QL nomograph accordingly. Commonly we start with QL = 7 
but you can also use other graphs then fine tune the design to fit. Once you have the graph, the steps 
are:

• find the QTS of your driver on the left axis. Draw a line from that point across the graph in the x-
dimension. In this example, we’ll use a QTS of 0.45; find the intersection point with the QTS curve.

• Draw a perpendicular line from the QTS intersection point through the y-dimension and note the 
intersection points with the q and h curves as well as the intersection of the two x-axes (top and bottom)

0.45
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• Read all the design values directly off the intersection points/axes. Note the B-k and α axes are 
logarithmic so you need to be careful when estimating these points

• Check the intersection with the top axis: if B = 0 the alignment is B4; if B > 0 it is QB3 and if you 
intersect to the left of B = 0  where k increases, it is C4

For our design we get:

• k = 0.78 -- C4 Alignment, k is fairly large so ripple will be small
• q = 0.6
• h = 0.8
• α = 0.7

0.45

0.45

! = 0.7

h = 0.8

q = 0.6

k = 0.78
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Now, use the equations to find the box volume and box tuning frequency:

VAB =
VAS
α

f−3 = qfS fB = hfS

• Find the box dimensions using either the Golden Ratio or squarish design (or your own):

Two popular rules-of-thumb exist for the relationship between length, width and height:

Golden Ratio:  0.6 x 1.0 x 1.6

Squarish:  0.8 x 1.0 x 1.25

• Use the tuning frequency to find the port length; the port diameter needs to be large for larger drivers.

• Find the minimum port diameter to prevent chuffing and wind noises

To calculate the minimum diameter of the port required to prevent port noises, you will also need to know 
the following:

    Xmax = maximum linear displacement (mm)
    Dia = Effective diameter of driver (cm)
    Np = number of ports

Calculate the minimum port diameter from the following equations:

SD =
π Dia
100

⎛
⎝⎜

⎞
⎠⎟
2

4

VD = SDxmax
1000

dmin (cm) =
100 20.3VD

2

fB

⎛
⎝⎜

⎞
⎠⎟

0.25

NP

dmin (in) = dmin (cm) / 2.54
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M. Leach Method
• first choose a port radius, a:
• for multiple ports, combine the port cross sectional areas

a =  port radius
SP = πa2

LP =
c

2π fB

⎛
⎝⎜

⎞
⎠⎟

2
SP
VAB

⎛
⎝⎜

⎞
⎠⎟
−1.463 SP

π

T. Gravesen Method (metric)
• first choose a port diameter, d (cm):

LP =
NP23562.5d 2

fB
2VAB

− kd

d =  port diameter (cm)
NP =  number of ports
VAB =  box volume (L)
k =  correction factor, 0.732 for normal vent

Rectangular Vent:
To use a rectangular (slot) vent, find the diameter of a tube that has the same cross sectional area as the vent 
and use it in the equations. The slot correction factor will be different from the tube, but that can be tuned 
later.

dequiv = 2 (w)(h)
w =  width of slot
h = height of slot

• Check to see if this port length is do-able in the design (enclosure); if not choose a new radius and re-
design the port. 

• Build the enclosure and measure the input impedance of the speaker. This is done with an AC input 
source (oscillator), low power amplifier, and a power resistor that you must choose; its value should be in 
the range of the impedances you expect; 32 ohms is a good place to start. To find the impedance, apply 
the oscillator to the circuit below and measure the AC input VIN as well as Vx for various frequencies. 
The impedance at a given frequency is found by back-solving the resistor divider equation:

ZB =
RX

VIN VX −1
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+
R X

V X

-AC 
Source

VIN

Z B

Figure 8.18: Test setup for measuring the input impedance a loudspeaker (does not have to be bass reflex)

• Tuning: On the impedance plot, find the following

lin(f) Hz

Impedance
 Z

RE

fB

R0

fL fH

• R0

• RE

• fL

• fH

Calculate the value for QL and see how it compares with the QL you designed with:
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fSB =
fL fH
fB

rm =
R0
RE

ha =
fB
fSB

α ' =
fH
2 − fB

2( ) fB
2 − fL

2( )
fH
2 fL

2

QESB =
fS
fSB
QES QMSB =

fS
fSB
QMS

QLD =
ha
α '

1
QESB rm −1( ) −

1
QMSB

⎡

⎣
⎢

⎤

⎦
⎥

Now check:

• QLD = QL ? done! 
• QLD < QL ? increase VAB and test again
• QLD > QL ? decrease VAB and test again

• Plot your expected Frequency Response

log(f)

+10

0

-1.0

-2.0

-3.0

-4.0

-5.0

-6.0

1k10010 Hz

dB

B4

QB3

C4

• Check excursion, power and efficiency

VD(max)(m
2 ) = xmaxπa

2

PAR(max) = 3 VD(max) f−3
2⎡⎣ ⎤⎦

2

η0 =
4π 2

c3
fS
3VAS
QES

PE (max) =
PAR(max)
η0
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Example:
Design a Bass Reflex Enclosure for the Eminence LAB12 Driver from Chapter 6. 

From the data-sheet:

fs = 22Hz
QTS = 0.38
QMS = 13.32
QES = 0.39
VAS = 125.2L / 4.4 ft

3

xMAX = 13.00mm
SD = 506.7cm2

RE = 8ohms
LE = 1.48mH

MMS = 146gm

Choose QL = 7; from the Alignment Table, we see that for a B4 alignment, QTS needs to be 0.41 and we are 
slightly below this so we are going to get a QB3 design (though it will be very close to a B4).

Plot QTS = 0.38 on the nomograph and find the intersection points.

The nomograph confirms this will be QB3 with a B > 0 value. The other values are read off the graph and 
applied to the equations:

B = 0.9

0.38
q = 1.3

h = 1.1

! = 1.2
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VAB =
VAS
α

=
4.4 ft 3

1.2
= 3.7 ft 3 f−3 = qfS = 1.3(22) = 28.6Hz fB = hfS = 1.1(22) = 24.2Hz

Vdriver ( ft) ≈ 6x10
−6d 4 ft 3 = 0.124 ft 3

VB = VAB +Vdriver = 3.82 ft
3

Using the golden ratio and a width of 14” = 1.167ft (to accommodate the 12” diameter) we get the 
dimensions:

0.6x( ) x( ) 1.6x( ) = 0.96x3

x = 3.82
0.96

3 = 1.58 ft = 18.9"

l = (1.6)(1.58) = 2.53ft = 30.33”
w = 1.58ft = 18.9”
d = (0.6)(1.58) = 0.948ft = 11.4”

Calculate Port Length:

Calculate the minimum port diameter:
 

Dia = port diameter (cm)

SD = π Dia
100

⎛
⎝⎜

⎞
⎠⎟

1/2

VD =
SDxmax

1000

dmin (cm) =
100 20.3VD

2

fB

⎛
⎝⎜

⎞
⎠⎟

0.25

NP

dmin (in) = dmin (cm) / 2.54
= 1.68"

So, a port with a diameter of 2” would yield a radius a = 1” = 0.0833ft but I’ll choose a 3” diameter (a = 
1.5” = 0.125ft) port to lessen the windage.
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SP = πa2 = π (0.125)2 = 0.049 ft 2

LP =
c

2π fB

⎛
⎝⎜

⎞
⎠⎟

2
SP
VAB

⎛
⎝⎜

⎞
⎠⎟
−1.463 SP

π

=
1131

2π (24.2)
⎛
⎝⎜

⎞
⎠⎟

2 0.049
3.82

⎛
⎝⎜

⎞
⎠⎟
−1.463 0.049

π
= 0.526 ft = 6.32"

This port will be 6.32” long which works with my enclosure depth. NOTE: it is common to get hung up 
here with ports that are too long.

• Check excursion, power and efficiency

VD(max)(m
2 ) = xmaxπa

2 = 5.88x10−6m2

PAR(max) = 3 VD(max) f−3
2⎡⎣ ⎤⎦

2
= 0.242W

η0 =
4π 2

c3
fS
3VAS
QES

=
4π 2

3453
2230.125
0.39

= 0.00328 = 0.328%

PE (max) =
PAR(max)
η0

=
0.242
0.00328

= 73.75W

Ordinarily, you would now fabricate and build. Comparing this enclosure with the one we designed for the 
Acoustic Suspension, we get the following plots and mechanical drawings. Notice the vented enclosure is 
slightly larger than the acoustic suspension. They both have a Butterworth response (no peaking) but the 
vented enclosure is 4th order.

27.2"

17.2"
10.4"

30.3"

18.9"

11.4"

Figure 8.20: Comparison of the Acoustic Suspension system from the last chapter and this Bass Reflex 
Enclosure; the diagrams are to scale.
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Acoustic Suspension

33Hz
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Figure 8.21: Comparing the low frequency responses of our two enclosure designs.
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Full Sized Nomographs
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9   Passive Radiator, Bandpass, Transmission Line Enclosures and Pure 
LC Crossovers

This chapter includes a collection of enclosure designs whose derivations are difficult. These include:

• Passive Radiator (PR) Enclosures
• Transmission Line (TL) Enclosures
• Bandpass (Subwoofer) Enclosures

9.1 Passive Radiator Enclosures

The idea behind a Passive Radiator Enclosure is to take a vented enclosure and replace the air mass in the 
port with a mechanical mass of a passive radiator; the passive radiator resembles a driver without the 
magnet motor assembly. An inexpensive way to make one involves cutting off the magnet assembly from 
the frame of a conventional driver. However, commercial passive radiators are available with interesting 
geometries including purely flat piston-like cones. Passive Radiators are specified the same as normal 
drivers except they have no Bl product, power ratings or efficiency calculations. 

Figure 9.1: A PR Enclosure features a motor-less resonator system

By replacing the port/mass system with a mechanical mass the unwanted effects of the port (windage, 
chuffing, organ pipe resonances, impossible port length-designs) are eliminated. However, the main 
difference is that the passive radiator has a suspension and therefore a compliance and a resistance 
(damping) component. The electrical model is below. You can see that it is identical to the Bass Reflex 
model except the series addition of the compliance and resistance of the PR.
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u
MMS RMS

SD

D

CMS

BliBlue 

i
L ERE

SDu D

p D
MA

RA1

RA2

CA

MAB

R'E

RAL

UD

UL

CAB

U P
MAP U B

U0

CAP

RAP

Figure 9.2: The Passive Radiator equivalent circuit includes the compliance (CAP) and resistance (RAP) of 
the passive radiator

The PR Enclosure requires a second compliance ratio, δ  which is similar to the α  ratio of the last two 
chapters:

α =
CAS

CAB

=
VAS
VAB

δ =
CAP

CAB

It is common to simplify the design by forcing the two ratios to be equal. This can be done easily by using 
the same driver (with magnet removed) as the Passive Radiator. Alternatively, you can select a PR with the 
same compliance as the final box.

Likewise, another tuning ratio (y) is specified that relates the PR resonant frequency to the driver resonant 
frequency:

ωP =
1

MAPCAP

y = ωP

ωS

The Norton form combination equivalent circuit is:

MAC RAS

UD

C AS

RAE

(Sd)(eg)
Bl

RAL

UL

CAB

UP

UB

U0MAP

CAP

RAP

Figure 9.3: The Combination Analogous Circuit for the PR Enclosure
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The total Volume Velocity U0 that flows into the box is:

U0 =
SDeg
Bl

RAE jωCAB

1+ ZA1YA2

ZA1 = jωMAC + RAE + RAS +
1

jωCAS

YA2 = jωCAB +
1
RAL

+
1

jωMAP + RAP +1 jωCAP

The On-Axis Pressure Function is:

p = ρo
2π

Bleg
SDR EMAS

GP (s)

GP (s) =
s ω0( )2 s ω0( )2 + ωP ω0( )2⎡

⎣
⎤
⎦

s ω0( )4 + b3 s ω0( )3 + b2 s ω0( )2 + b1 s ω0( ) +1

ω0 =ωS y 1+α + δ( )1/4

b3 =
1

1+α + δ( )1/4 yQTS

b2 =
1

1+α + δ( )1/2
1+ δ( )y + 1+α( ) y⎡⎣ ⎤⎦ b1 =

1+ δ( ) y
1+α + δ( )3/4QTS

When the compliance of the passive radiator is infinite, it becomes the same as the vented box function. 
The filtering term is another 4th order analog filtering system and the coefficients b1 - b3 determine the 
shape of the response. The numerator’s two zeros are not located at s = 0 as in the vented enclosure which 
produces a change in the frequency response. The zeros form a notch in the response. The goal is to get this 
notch as far away from the corner frequency as possible. Specifying alignments is tedious and difficult 
because this filtering term can not be put directly into the filtering forms we are used to. The closest filter 
type is called the Elliptic Filter which has zeros that are not at s = 0 however the elliptic version has two 
extra zeros. This is a quasi-elliptic transfer function. 

log(f)

+10

0

-10

-20

-30

-40

-50

-60

10k1k10010 Hz

dB(spl)

Figure 9.4: Response of the quasi-elliptical PR enclosure; note that like the Chebychev function there may 
be rippling in the passband. We observe the notch in the stop-band.The null occurs at the resonant 
frequency of the passive radiator, fP.
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The rippling/notch creates a slightly steeper cutoff than the Chebychev 4th order alignments from the last 
chapter. The overall amount of rippling in the passband as well as the steepness of the rolloff is determined 
by the PR tuning ratio, δ  which is usually set to be equal to the normal tuning ratio, α.

Figure 9.5: the rippling in the passband depends on the value of the tuning ratio δ  = α   here. As the ratio 
gets smaller the rippling increases as well as the steepness of the rolloff.

9.2 Passive Radiator Design with Nomographs

Because of the unpleasant algebra required and the fact that there are six variables to solve for, the 
nomograph method from the last chapter is often used. Another alternative is a tabulated version of the 
same graphs as found in Dickason[1]. In addition to calculating the box dimensions and tuning frequencies, 
you must also calculate the volume displacement of the passive radiator; this will then specify the surface 
area and xmax of the passive radiator. There are two nomographs; the second is the normally used graph, for 
QL = 7 and the second is for the volume displacement of the passive radiator (VPR) versus the volume 
displacement of the driver VD.
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9.3 Other Passive Radiator Specifications

The other enclosure specifications can be assumed to be nearly identical to the Bass-Reflex Enclosure. 
these include:

• Impedance Plot
• PAR(max)
• PE(max)
• η0
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Passive Radiator Design Guide

(1) Choose Driver. Get the following Thiele-Small Parameters:

T-S Parameter Value

fs Driver Resonant Frequency

QTS QES QMS Resonant Quality Factors (Total, Electrical and Mechanical)

VAS Volume Compliance

xMAX Maximum peak displacement

SD Surface area of cone

RE DC Resistance of the coil

LE Inductance of the coil

MMS Mechanical Mass of the Suspension

(2) Decide on your carpentry skills - choose a QL nomograph accordingly. Commonly we start with QL = 7 
but you can also use other graphs then fine tune the design to fit. Once you have the graph, the steps 
are:

• find the QTS of your driver on the left axis. Draw a line from that point across the graph in the x-
dimension. In this example, we’ll use a QTS of 0.26; find the intersection point with the QTS curve.

• Draw a perpendicular line from the QTS intersection point through the y-dimension and note the 
intersection points with the q, h, and y curves as well as the intersection of the two x-axes (top and 
bottom)

0.26
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• Read all the design values directly off the intersection points/axes. 

For this design we get:

• y = 0.75
• q = 1.98
• h = 1.73
• α = 4.3

Now, use the equations to find the box volume and box tuning frequencies:

VAB =
VAS
α

f−3 = qfS fB = hfS fP = yfS

0.26

0.26

y = 0.75

h = 1.73
q = 1.98

! = 4.3
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• Find the box dimensions using either the Golden Ratio or squarish design (or your own):

Two popular rules-of-thumb exist for the relationship between length, width and height:

Golden Ratio:  0.6 x 1.0 x 1.6

Squarish:  0.8 x 1.0 x 1.25

• Use the second nomograph to find the volume displacement of the passive radiator:

• Specify the Passive Radiator’s Volume Displacement related to the volume displacement required. Start 
with the radiator’s piston radius a and use the ratio from above to calculate.

VD(max)(m
2 ) = xmaxπa

2

VPR(max)(m
2 ) = xPRmaxπaPR

2

Find the required Passive Radiator. Tuning the enclosure is done the same way as for the Vented Enclosure. 
The mass of the PR may be modified (spray paint, glue, molding clay) for tuning purposes. 
Tuning: On the impedance plot, find the following

! = 4.3
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lin(f) Hz

Impedance
 Z

RE

fB

R0

fL fH

• R0

• RE

• fL

• fH

Calculate the value for QL and see how it compares with the QL you designed with:

fSB =
fL fH
fB

rm =
R0
RE

ha =
fB
fSB

α ' =
fH
2 − fB

2( ) fB
2 − fL

2( )
fH
2 fL

2

QESB =
fS
fSB
QES QMSB =

fS
fSB
QMS

QLD =
ha
α '

1
QESB rm −1( ) −

1
QMSB

⎡

⎣
⎢

⎤

⎦
⎥

Now check:

• QLD = QL ? done! 
• QLD < QL ? increase VAB and test again
• QLD > QL ? decrease VAB and test again

• Check excursion, power and efficiency

VD(max)(m
2 ) = xmaxπa

2

PAR(max) = 3 VD(max) f−3
2⎡⎣ ⎤⎦

2
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η0 =
4π 2

c3
fS
3VAS
QES

PE (max) =
PAR(max)
η0

Example:
Design a Passive Radiator Enclosure for the Eminence LAB12 Driver from Chapter 6. 

From the data-sheet:

fs = 22Hz
QTS = 0.38
QMS = 13.32
QES = 0.39
VAS = 125.2L / 4.4 ft

3

xMAX = 13.00mm
SD = 506.7cm2

RE = 8ohms
LE = 1.48mH

MMS = 146gm

• Use the nomograph to get the parameters:

• Use the equations to calculate the parameters:

0.38

y = 0.8

h = 1.3
q = 1.27

! = 1.6
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VAB =
VAS
α

=
4.4 ft 3

1.6
= 2.75 ft 3

f−3 = qfS = 1.27(22) = 27.9Hz
fB = hfS = 1.3(22) = 28.6Hz
fP = yfS = 0.8(22) = 17.6Hz

• Design the enclosure
Vdriver ( ft) ≈ 6x10

−6d 4 ft 3 = 0.124 ft 3

VB = VAB +Vdriver = 2.87 ft
3

Using the golden ratio and a width of 14” = 1.167ft (to accommodate the 12” diameter) we get the 
dimensions:

0.6x( ) x( ) 1.6x( ) = 0.96x3

x = 2.87
0.96

3 = 1.42 ft = 17.0"

l = (1.6)(1.42) = 2.27ft = 27.3”
w = 1.42ft = 17.0”
d = (0.6)(1.42) = 0.852ft = 10.2”

• Specify the Passive Radiator, get the volume displacement required:

! = 1.6
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VD(max) = xmaxπa
2 = (0.013)π (0.12)2 = 588.1x10−6m2

VPR(max)
VD(max)

= 2.95

VPR(max) = 2.95(VD(max) ) = 1.73x10
−3m2

xPRmax =
VPR(max)
πaPR

2

So, we can specify a few options:

PR Diameter 
(in)

xmax

15 24mm

12 38mm

These are some very large excursions but there are passive radiators that can accomplish this, for example 
the TC Sounds VMP 12” PR which can be adjusted both in mass and excursion; the excursion goes up to 90 
mm on that model!

We can sketch the frequency response observing that for our alpha value of 1.6 we will just start to get 
some peaking in the response.
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Figure 9.6: Predicted Frequency Response of our Passive Radiator Enclosure

The power and efficiency equations are the same as for the Vented Enclosure. 
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9.4 Bandpass (Subwoofer) Enclosures

A low frequency 4th Order Bandpass Enclosure can be designed as a hybrid combination of a closed box 
and vented box. The only opening to the outside is a port. Figure 9.X shows both the enclosure diagram and 
the equivalent circuit.

u
MMS RMS

SD

D

CMS

BliBlue 

i
L ERE

SDu D

p D

MAB1

R'E

UD

RAL2

U
CAB2

U P

MAP2

MAB2RAB1CAB1

VAB1

VAB2

Figure 9.7: The 4th Order BP Enclosure has both a sealed and vented construction; the circuit reflects both 
parts. 

The 4th order Band Pass response can range from overdamped to Chebychev; in the latter there will also be 
ripple in the passband. The enclosure is specified with a center frequency and bandwidth or two band 
edges, fL and fH. 
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Figure 9.8: Typical 4th Order Bandpass Response; this one has ripple in the passband so it is Chebychev.
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 9.5 4th Order Bandpass Enclosure Design

The output of the design will be a closed box volume, vented box volume and port requirements. This will 
involve calculating two compliance ratios and box volumes. This design can be done in a few ways. Here 
are two of them:

M.Leach Method

Specify: fL and fH for the bandpass response.

Start with the Driver and get its Thiele Small Parameters:

fS ,QES ,VAS

Use the rules of thumb for QMC for filled enclosures (QMC = 3.5/unfilled or 7.5/filled) and choose QL = 7 as 
usual for the vented half. Calculate:

f0 = fL fH α1 =
f0
fS

⎛
⎝⎜

⎞
⎠⎟

2

−1 QEC = QES 1+α1 QTC =
QECQMC

QEC +QMC

A =
fH − fL
f0

QLQTC

QL +QTC

Q1 = A 2A2 +1 − A( )

B =
f0

fH − fL
1− 1

2Q1
2 1− 1

2Q1
2

⎛
⎝⎜

⎞
⎠⎟

2

+1
⎡

⎣

⎢
⎢

⎤

⎦

⎥
⎥

VAB1 =
VAS
α1

VAB1 =
VAS
α2

LP =
c

2π f0

⎛
⎝⎜

⎞
⎠⎟

2
SP
VAB2

⎛
⎝⎜

⎞
⎠⎟
−1.463 SP

π

If Q1 > 0.707 you will have ripple in the pass-band. The ripple amount will be:

dBripple = 20 log
Q1
2

Q1
2 − 0.25

⎛

⎝
⎜

⎞

⎠
⎟
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Will’s Tried & True Method - origin unknown

Use the tables on the following pages to select parameters. This design is capable of getting gain or 
attenuation in the passband (acoustic gain!). There are also different “angles” you can take when designing, 
for example starting with the low frequency value and working from there. You can design the specs first 
and then find a driver or start with a driver and specs. 

Specify: fL and fH for the bandpass response.

Start with the Driver and get its Thiele Small Parameters:

fS ,QTS ,VAS

Calculate:

f0 = fL fH

QBPF =
f0QTS

fS

Pick a ripple value; go the table and check the gain for this QBPF. If it is not acceptable, start over with a 
different ripple table or driver or specs. In this ripple table, get the fL_factor and fH_factors, then check the 
movement of the original break frequencies:

fL
' = fL _ factor( ) fS

QTS

fH
' = fH _ factor( ) fS

QTS

If these frequencies are OK, you can continue otherwise re-design.

The ripple tables are labeled with “S” values. Get that value for t table and:

VAB1 =
VAS

QBPF /QTS( )2 −1
VAB2 = VAS 2SQTS[ ]2

Finally, calculate the vent dimensions:

To calculate the minimum diameter of the port required to prevent port noises, you will also need to know 
the following:

    Xmax = maximum linear displacement (mm)
    Dia = Effective diameter of driver (cm)
    Np = number of ports

Calculate the minimum port diameter from the following equations:
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SD = π Dia
100

⎛
⎝⎜

⎞
⎠⎟
1/2

VD =
SDxmax
1000

dmin (cm) =
100 20.3VD

2

fB

⎛
⎝⎜

⎞
⎠⎟

0.25

NP

dmin (in) = dmin (cm) / 2.54

M. Leach Method
• first choose a port radius, a:
• for multiple ports, combine the port cross sectional areas

a =  port radius
SP = πa2

LP =
c

2π f0

⎛
⎝⎜

⎞
⎠⎟

2
SP
VAB2

⎛
⎝⎜

⎞
⎠⎟
−1.463 SP

π

T. Gravesen Method (metric)
• first choose a port diameter, d (cm):

LP =
NP23562.5d 2

f0
2VAB2

− kd

d =  port diameter (cm)
NP =  number of ports

VAB2 =  box volume (L)
k =  correction factor, 0.732 for normal vent

Rectangular Vent:
To use a rectangular (slot) vent, find the diameter of a tube that has the same cross sectional area as the vent 
and use it in the equations. The slot correction factor will be different from the tube, but that can be tuned 
later.

dequiv = 2 (w)(h)
w =  width of slot
h = height of slot
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9.6 Transmission Line (TL) Enclosures

The Transmission Line (aka Waveguide) Enclosure is not new; it dates back to the 1930s when Stromberg 
and Carlson were trying to make a non-resonant enclosure. From Chapter 2 you remember that an infinitely 
long tube is modeled by a single resistor, therefore an infinitely long tube-enclosure would produce a non-
resonant system. Another way to think about it is to consider that a standing wave set up in a tube will 
produce a reflected (backward) wavefront which will dampen the motion of the driver. The TL Enclosure 
seems to come and go in popularity; the Bose Wave Radio is the current popular TL design but these 
enclosures have also been used in sound reinforcement applications as well. There is also serious 
disagreement about the usefulness of the TL enclosure. It appears to be no more efficient than a vented 
enclosure. 

Stromberg and Carlson used a tube that was 1/4 the wavelength (λ) of the resonant frequency of the driver. 
A 3/4 wavelength and 1/4 wavelength tube will both produce an anti-node at the open end which allows the 
wave to reflect back into the tube. By using a 1/4 λ tube, the enclosure can be made to be smaller. Their 
design did not have any filling inside the enclosure. Their design worked and did dampen the resonant 
frequency of the driver producing a smoother bass response than an infinite baffle alone. Above the 
resonant frequency of the driver, the TL behaves like an infinite baffle enclosure. 
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Purely Resistive Infinitely Long Tube Labyrinth

Figure 9.9: Two versions of the non-resonant TL enclosure; the Labyrinth or “folded” tube is the standard 
enclosure design today. 

Later, Bailey experimented with TL designs in the 1960‘s and 1970’s. He added the concept of tapering the 
transmission line to get narrower and narrower as the distance from the driver increased. He also 
experimented with stuffing the transmission line with filling. The filling aided in dampening more 
resonances as well as adding mass loading. Fundamentally, the most important thing the filling does is slow 
down the speed of sound in the tube. This means that the tube can be made to be even shorter than a quarter 
wavelength. For long haired sheep’s wool, a 50% filling results in reduction of the speed of sound by 1/2 
thus cutting the tube length in half again. 

Collum notes that in theory, the transmission line may be open or closed at the end, though in practice 
manufacturers leave it open. This means that the tube acts like a delay. The propagation time through the 
tube will result in a vent-output wave that may be in phase or out of phase with the driver itself; at 
resonance the phase should be the same (as in the Bass Reflex design) providing the dampening load on the 
driver. He also notes that the mass of air moving in the tube effectively adds to the mass of the driver (this 
does not occur in conventional enclosures) and lowers the driver’s resonant frequency by a factor of sqrt(2). 
The mass loading of the filling material may also lower the resonant frequency. 

Figure 9.10 compares the responses of the Bass Reflex QB3 and B4 curves with a TL plot. If they all have 
the same  f-3 you can see that the TL enclosure has a more extended bass response below f-3 however the 
TL response shows a kind of stair-stepping down towards that point. These “steps” are a telltale component 
of the TL frequency response. The propagation delay nulls can be seen at the corners of the steps.
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Figure 9.10: Comparing the TL and Bass Reflex responses; if they all share the same f-3 you can see that the 
TL enclosure has a more extended bass response below f-3 

9.7 Transmission Line Enclosure Design
The Transmission Line Enclosure design is unique in that you don’t need a lot of tables and equations. You 
start with a driver and then design a tube that is 1/4 or 3/4 the wavelength of the driver’s resonant 
frequency. Filling the tube is optional but many feel the benefits (more dampening and a shorter tube 
length) warrant it. The fill amount is 50% and the preferred material is long haired sheep’s wool. To 
calculate the reduction in the speed of sound:

c' =
c

1+ P ρ0

P =  the packing density of fill = 8kg/m3  for sheep's wool

For the Eminence LAB12 speaker with a fS = 22Hz, we would need the following tube length:

tube 1/4 Wave 3/4 Wave

unfilled 12.8 ft 38.4 ft

50% sheep wool fill 4.6 ft 13.8 ft

There are equations available that describe how to taper the tube and several reference designs for the 
folded labyrinth cabinet designs. PVC or other rigid tubes can also be used. 

Tuning is usually done by ear with familiar source material. Another option is to apply the driver resonant 
frequency as an input and adjust the tube length until the dB(SPL) is at a maximum. 
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10  Pure LC Loudspeaker Crossover Filters

Probably the most common application for passive filters in audio is in loudspeaker crossover designs. 
Loudspeakers today are usually built using two or more drivers (speakers). Each driver is optimized to 
reproduce a certain band of frequencies. Two-way systems employ two drivers – a woofer for low 
frequency reproduction, and a tweeter for high frequencies. The audio signal is split between a pair of 
complementary low-pass and high-pass filter, called crossover filters, or together, simply a crossover. 
Three-way loudspeakers include a midrange driver in addition to the woofer and tweeter. A three-way 
crossover requires a band-pass filter to feed the midrange driver. The LC crossovers here differ only 
slightly from the passive filters we’ve seen so far – you should recognize the filter components. The points 
to note are:

• You assume the power amplifier driving the loudspeaker has a very low output impedance
• The loudspeaker’s DC resistance (usually 4 or 8Ω) is used as the resistor (R) in the design
• You omit the loudspeaker (R) from the crossover schematics for clarity

10.1  2nd Order 3-Way Design

 The following design is probably the most common crossover found in audio. You must take care 
to purchase elements (L and C) with proper voltage and current ratings for the power amp that will be 
driving the system. Because power amps can put out large voltages and currents, typical small-signal 
elements may fail. If you are designing for a 2-way system, simply neglect the midrange components. 

  Design Equations

  

The design parameters are

Example: Design a 2nd order 3-Way Cross-over with the following specifications: 

• Woofer, tweeter and midrange all have a DC Resistance of 8 ohms
• ft = fH =  5 kHz  
• fW  = fL = 350 Hz  
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Using the design equations and taking the nearest standard values, you get:

• Ct = 3.9 uF
• Cm = 56 uF
• Lm = 255 uH
• Lw = 3.63 mH

10.2   4th Order 3-Way Design

 If steeper cutoff slopes are desired, this 4th order system may be employed. Note the doubling of 
the number of reactive components for each filter.

    Design Equations

  

The design parameters are:

 23 Copyright (c) 2013 Will Pirkle



Example: Design a 4th order 3-Way Cross-over with the following specifications: 

• Woofer, tweeter and midrange all have a DC Resistance of 8 ohms
• All Q values are 0.707 (Butterworth)
• ft = fH =  8 kHz  
• fW  = fL = 200 Hz  

Using the design equations and taking the nearest standard values, you get:

• Ct = 1.76 uF Lt = 225uH 
• Cm1 = 70 uF  Lm1 = 9 mH
• Cm2 = 1.76 uF  Lm2 = 225 uH
• Cw = 70 uF  Lw = 9 mH

Example: After listening to your crossover, you decide to redesign it for a crispier high-end by making the 
Q for the tweeter circuit 2.5, and a punchier bass by increasing the Q of the woofer circuit to 10.

• Woofer, tweeter and midrange all have a DC Resistance of 8 ohms
• Qw = 10, Qt = 2.5, Qmid = 0.707
• ft = fH =  8 kHz  
• fW  = fL = 200 Hz  

Using the design equations and taking the nearest standard values, you get:

• Ct = 6.2 uF Lt = 63.6 uH 
• Cm1 = 70 uF  Lm1 = 9 mH
• Cm2 = 1.76 uF  Lm2 = 225 uH
• Cw = 994 uF  Lw = 636 uH
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Passive-Radiator Loudspeaker Systems
Part I: Analysis*

RICHARD H. SMALL

School o/Electrical Engineering, The University o/Sydney,
Sydney, N.S.W. 2006, Australia

The passive-radiator loudspeaker system is a close relative of the vented-box system
and is capable of similar low-frequency performance. The passive radiator may be of
any area hut sho_uld preferably have a suspension with high compliance and low
mechanical losses. It should also possess a lineal' volume displacement limit at least
twice that of the system driver_

1. INTRODUCTION Technical Background

Historical Background The passive-radiator loudspeaker system is a direct-

The use of passive radiators in direct-radiator loud- radiator system using an enclosure which has two aper-
tures. One aperture accommodates a driver, the*other con-

speaker systems was described by Olson in a U.S. patent
of 1935 [1]. Apparently, commercial exploitation of the tains.a suspended diaphragm which may resemble a
principle was not immediate. The first description of the driver but which has no voice coil or magnet assembly.

The second undriven diaphragm is variou§ly called 'a
physical performance of such a loudspeaker system was

drone cone, passive radiator, or auxiliary bass radiator.
published by Olson in 1954 [2]. Olson made direct com-
parisons between the use of a vent and a passive radiator At low frequencies, the passive-radiator diaphragm
(or drone cone) with the same driver and enclosure and moves in response to pressure variations within the en-
claimed several advantages in favor of the passive radia- closure [1]. It thus contributes to the total volume velocity*
tor [2], [3]. crossing the enclosure boundaries and therefore to the

Despite the very favorable results reported by Olson, system acoustic output [4].

only a few manufacturers have attempted to produce pass- The operation of the passive-radiator system is very
ive-radiator loudspeaker systems commercially· Perhaps similar to that of the vented-box.system [5], the principal

difference being the presence of a compliant suspension
an important reason for the limited interest in these sys-

in the passive radiator which is not present with a simple
tems has been the lack of any comprehensive published

vent. Because of this similarity, the passive-radiator sys-
quantitative analysis or guide to their design. 1

tem can be expected to perform in a manner similar to
the vented-box system if passive-radiator compliance is

* Abridged version of this paper was presented September
10, 1973, at the 46th Convention of the Audio Engineering made large enongh.
Society,NewYork In Part I of this paper, the passive-radiatorsystem is

analyzed by the general method described in [4]. Impor-

'Phis was written before the publication of the small- tant objectives of this analysis are to determine the effects
signal analysis by Nomura and Kitamura [9]. The pre- of limited passive-rad!ator compliance and to discover any
sent paper uses a slightly different approach, contains a some- advantages or disadvantages of this system compared towhat wider ranee of useful alignments, and also deals with
large-signal performance and design, the vented-box system. The basic analytical results reveal
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the important physical relationships governing the small- This circuit may be simplified by combining the series
signal and large-signal performance of passive-radiator resistances in the driver branch to form a single acoustic
systems and provide a quantitative basis for the measure- resistance RAt, where

ment, assessment, and design of these systems. B2l2

Part 1I will provide a discussion of these results and RAT = RAs + (Rg + Re)So 2 (1)present methods of synthesis (system design) which

facilitate the design of an enclosure and passive radiator by defining
for a given driver or the specification of all system com-

ponents required to meet a complete and realizable set of _ egBl (2)
system performance specifications. Pa -- (Rg + R_)So

as the value of the pressure generator at the left of the
2. !]ASlC ANALYSIS circuit, and by ignoring losses in the enclosure and passive

radiator. The effects of these losses are examined indirect-
The impedance-type acoustical analogous circuit of a ly later in the paper. The simplified circuit is presented in

passive-radiator loudspeaker system is presented in Fig. 1. Fig. 2.

MAS CAS RAS UD RAT MAS CAS UD

UB ] UL _Up Up
B2L2 _ MAp

(Rg+RE)SD2 CAB iRAL i CAP Qpg

(_ ')(Rg+RE)SD RAp CAp

U0

Fig. 1. Acoustical analogous circuit of passive-radiator Fig. 2. Simplified acoustical analogous circuit of passive-
loudspeaker system, radiator loudspeaker system with no enclosure or passive-

radiator losses.

The symbols in this circuit are defined as follows. The complete electrical equivalent circuit of the passive-
radiator system is the dual of Fig. 1. The electrical cir-

eg open-circuit (Thevenin) output voltage of source cult elements are related to the acoustical circuit elements
or amplifier by the relationship

B magnetic flux density in driver air gap B212
l length of voice-coil conductor in magnetic field ZE -- (3)

of air gap So 2 ZA
St) effective projected surface area of driver dis- where Z_ is the impedance of an element in the electrical

phragm equivalent circuit and Z4 is the impedance of the cor-
Rg output (Thevenin) resistance of source or responding element in the acoustical analogous circuit.

amplifier

RE dc resistance of driver voice coil o-- El EsR i}

CAs acoustic compliance of driver suspension

M^s acoustic mass of driver diaphragm assembly in- 'Rg _> L_i _

cluding voice coil and air load

RAs acoustic resistance of driver suspension losses _m tn _o Lu,n'
CAg acoustic compliance of air in enclosure ._1,
RAg acoustic resistance of enclosure losses contributed

by internal energy absorption _ )e(:j I _ /
RAn acoustic resistance of enclosure losses contributed

byleakage o--o

CAr acoustic compliance of passive-radiator suspen- Fig. 3. Simplified electrical equivalent circuit of passive-
sion radiatorloudspeakersystem.

MAi, acoustic mass of passive-radiator diaphragm in- A simplified electrical equivalent circuit corresponding
cluding air load to Fig. 2 is presented in Fig. 3. The symbols in this cir-

R_r acoustic resistance of passive-radiator suspen- cuit are defined as follows.
sion losses

U_) volume velocity of driver diaphragm Cm_s electrical capacitance representing driver
Uv volume velocity of passive-radiator diaphragm mass, ---- MAsSD2/(Bl) _

Ur_ volume velocity of enclosure leakage LcT_s electrical inductance representing driver sus-
Un volume velocity entering enclosure pension compliance = CAS B212/SD 2

Uo total volume velocity leaving enclosure bound- R]_s electrical resistance representing driver sus-
aries, pension losses = B212/(SD2RAS)
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RICHARD H. SMALL

Lev.B electrical inductance representing enclosure The losses in the enclosure and passive radiator are
compliance, = CABB212/SD2 conveniently defined as Q at the enclosure resonance fre-

C:m r electrical capacitance representing passive- quency in the same manner as for the vented-box system
radiator mass, = MArSDW(Bl)" [5, sec. 3]. Thus for absorption, leakage, and passive-

LeE r electrical inductance representing passive- radiator suspension losses respectively,
radiator suspension compliance,

= 'CApB212/SD 2. QA = 1/(o_BCABRA_ ) (12)

The circuit of Fig. 3 has been a_ranged so that the QL = tox;CABRAr, (13)
actual system voice-coil terminals are accessible. This
facilitates the study of the system voice-coil impedance Qp = I/(_BCAnR_r). (14)
and its relationship to the system element values.

The circuits presented above are valid only for fre- The total enclosure loss QB at fB is then given by

quencies within the piston range of the system driver. The 1/QB = 1/.QA + 1/QL + 1/Qp. (15)
element values are assumed to be independent of frequen-
cy within this range. The interaction of the source, driver, enclosure, and

As discussed in [4], both voice-coil inductance and passive radiator give rise to further system parameters.
radiation load resistance are neglected in the construction These are the system compliance ratio

of these circuits. Also neglected is the effect of external a = CAs/C_B = Lo_s/LcE B (16)
acoustic interaction between driver and passive radiator;

this approximation is justified later in the paper, the passive-radiator compliance ratio
The analysis of the system and the interpretation of its

5 = CAp/CAB = LeEr/LeE _ (17)
describing functions are simplified by defining a number
of component and system parameters. For the driver, the system tuning ratio

these are [4] h = /B//s = o_n/ros =Ta/TB (18)

Ts 2 = 1/o82 = CAsMAs = CMEsLcrs (4) the passive-radiator tuning ratio

Q_ls = o_aC>lr,sRrs = 1/(o_sCAsRAs) (5) Y = /e/fa = t°P/°Js = Ta/Te (19)

QES = oJaC_msRE = oJsR_M _ sSt)S/(B1)2 (6) and the total Q of the driver connected to the source

VAs = poceC_xs (7) QT, = 1/OosC^sR^,r). (20)

In dealing with the system-describing functions it is use-
Eq. (4) defines the resonance frequency of the driver

ful to recognize that fxom Eqs. (8), (11), and (17)-(19)
(o_a = 2_r/s). In Eq. (7) po is the density of air (1.18
kg/m 3) and c is the velocity of sound in air (345 m/s). Te/TB = fB/fj, = h/y = (5+1)_/_. (21)
Eq. (7) expresses the aco/nstic compliance of the driver

suspension in terms of a volume of air (under standard Following the method of [4], analysis of Figs. 2 and 3,
conditions of temperature and pressure) which has the and substitution of the parameters defined above yields
same acoustic compliance. In this paper it is assumed the system-describing functions. The response function is
that M^s and hence the values of fa, Q_ts, and
QEs apply to the driver when the diaphragm air-load s2Tae(s2Tp 2 -1- 1)G(s) = (22a)
mass has the value normally imposed by the system en- D(s)
closure; where _ppropriate, this is indicated explicitly by where
using the symbol/sB for fa [4], [5].

Similar parameters are defined for the passive radiator, D(s) = s4TpeTa 2 Jr' sarpeTs/QT
except that there is no equivalent m QEs- There is only + s2[(aq-1)Tp 2 -¢ (3+I)Ts 2]
one Q, related to suspension losses. Thus, + s(8+I)Ta/QT + (a-}-8+l) (22b)

and s = _+]ro is the complex frequency variable.
Te e = 1/wp 2 = C._pMAp = CMErLoEp (8)

The displacement function for the driver diaphragm,

Q_r = c°pCMEpREp _--' 1/(oJpCArR_r) (9) normalized to unity at zero frequency, is

VAp = poCeCAr. (10) X(s) = (a+8+l) (seT1;2 + 1) (23)
D(s)

It is assumed in this paper that the values of _op (or the
corresponding/p) and QMr apply to the passive radiator and the displacement constant is
when the diaphragm air-load mass has the value normal- 8+1

ly imposed by the system enclosure, k_ = -- (24)
The enclosure, with the passive radiator installed, ex- a+8+ 1

hibits a resonance frequency oJn=2_rfn in the same man- Because the displacement capability of a passive-radia-
ner as does a vented enclosure. This frequency is given by tor diaphragm is limited by the suspension design, it is

CABMAp C_mrLcr_ important to assess the required displacement as a func-
T2 = O_Bel =__ = (11) tion of frequency and power level. It is easily shown that

C^_ Lcs_ at zero frequency the volume displacement of the passivelq--- lq--
Cap Lo_p radiator is equal to that o,f the driver multiplied by the
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PASSIVE-RADIATOR LOUDSPEAKER SYSTEMS PART h ANALYSIS

factor 8/(3+ 1). The displacement function for the pass- must be introduced into the passive radiator to achieve

ire-radiator diaphragm Xp(s), normalized to unity at zero this. The result is a system with pure second-order re-
frequency, is then given by sponse (a nominal 12-dB per octave cutaff slope), but

(a+3+l) unfortunately one which is demonstrably inferior to a
Xp(s) -- (25) normal closed-box system in terms of the efficiency con-

D(s) stant and power rating constant obtained [8].

Analysis of the electrical equivalent circuit of Fig. 3 Allowing the notch to remain, the high-pass behavior
for the impedance of the circuit to the right of the voice- of the system above the notch frequency can be made to

have equal-ripple, maximally flat, or quasi maximallycoil terminals gives the system voice-coil impedance func-
tion flat propertiesas discussedin the Appendix.The response

characteristic below the notch frequency is not of pattie-
(3+ 1) (sTs/Q_m) (s2Tt; 2 q" 1) ular interest because it is very far down in the stop band.

Zvc(S ) = R_ + REs D'(s) (26) Comparison of Eqs. (22) and (27) reveals that the five
mathematical variables required to specify a given align-

where D'(s) is the function D(s) of Eq. (22) but with ment (To, al, a2, a:_, and b2) are related to the five in-
Qv wherever it appears replaced by Q_ts. dependent system parameters (Ts, Tv, Qv, a, and 3). This

means that every specification of a particular alignment

3. RESPONSE corresponds to a unique set of system parameters. How-
ever, unlike the simpler case of the vented-box system,

Response Function specified conditions such as "maximally flat" do not de-
fine a unique set of coefficients for Eq. (27). There are

The response function of the passive-radiator system now an infinite variety of maximally flat (passband) re-
given by Eq. (22) may be rearranged into the general sponses having notches at various frequencies below cut-

form off.Thus one systemparameter may be specifiedarbitrar-
s4To4 + b2s2To2 ily if desired without necessarily restricting the range of

G(s) = (27) types of passband alignments available; only the specific
s4To4 '-[- a.ls_"Toa + a2seTo2 + aasT o + 1

shape of each alignment type is fixed.
This response function has a fourth-order denominator Fig. 4 illustrates some of the maximally flat responses 2
polynomial which is similar to that of the vented-box sys- which may be obtained for various chosen values of the
tem. But unlike the vented-box system, two of the zeros passive-radiator compliance ratio 3. As the value of 8
of the numerator are located away from the origin of the approaches infinity (infinite passive-radiator compliance,
s plane. It is the relocation of these zeros, caused by the and hence /p or notch frequency of zero), the response
passive-radiator suspension compliance, which makes the characteristic approaches that of the pure fourth-order
response of a passive-radiator system different from that Butterworth alignment obtainable .from the vented-box
of a comparable vented-box system, system [5].

Frequency Response
0

The frequency response IG(j,o)l of Eq. (27) is ex- //_yf
amined in the Appendix; coefficient values are given for IGcjw)l

a variety of system alignments which have useful response dB tt_./_o./m._o
' characteristics.

The distinguishing feature of the frequency response of -10

the passive-radiator system is the presence of a notch or _o//_/?
dip which appears at the resonance frequency /p of the

passive radiator as indicated by Eq. (22a). This frequen- -20 ° '1 ' I r I
cy is normally located below the system cutoff frequency. : .5 1 2 4 8
The effect of the notch generally is to sharpen the "comer" mTS
of the frequency response characteristic and to give a

Fig. 4. Maximally flat passband responses obtainable from
steeper initial cutoff slope compared to the equivalent the passive-radiator loudspeaker system.
vented-box system.

In this respect the passive-radiator system response may Fig. 5 is an alignment chart based on the range of
be loosely compared to that of the "m-derived" high-pass maximally flat alignments obtainable from the lossless
filter of classical image-parameter theory and the vented-

passive-radiator system, including those illustrated in Fig.
box system response to that of the "constant-k" high-pass 4. The system compliance ratio a is chosen as the primary
filter [6, pp. 181-183, 652]. In the terminology of the independent variable and plotted as the abscissa. The
modern insertion-loss filter theory on which the Appendix curves then give the values of h (or y), 3, and QT re-
is based, the passive-radiator system response is that of an quired to obtain a maximally flat alignment as well as the

elliptic-function filter [7, pp. 489, 532]. normalized half-power cutoff frec[uency /a/Is at which
the response is 3 dB below the passband reference level.

Alignment Note that for the lossless passive-radiator system, maxi-

The response notch of the passive-radiator system may really flat responses can be obtained only for values of a
be eliminated by adjusting the system parameters so that
two of the denominator poles exactly cancel the numera- 2 The maximally flat alignments of this paper are identical
tor zeros contributing the notch. Considerable damping with the general Butterworth alignments of [9].

OCTOBER 1974, VOLUME 22, NUMBER 8 595



RICHARD H. SMALL

Fig. 7 is an alignment chart for lossless passive-radia-

s ,6l i 16[ L0SSLESs 3 tor systems with $=a. The range of alignments include
f_._3 those illustrated in Fig. 6. For a value of _ very close to
fS ' 3, the response is maximally flat· For lower values of a,

n nt. v _llll 2 the response is equal-ripple; for higher values of a, the
6 !T_-_J_J_ h, response is quasi maximally flat.
·2 .,.91 I L'"'_ I _ll 1

Misalignment
Y

The effect of an incorrectly adjusted parameter on the
0 0 0

I 2 3 5 7 10 frequency response of a passive-radiator system is illus-
OC trated in Figs. 8 and 9. These curves were obtained with

the use of an analog simulator. Fig. 8 shows the varia-
Fig. 5. Alignmevt chart for lossless passive-radiator sys- Lion produced in the response of the lossless 8=ct maxi-tern providing maximally flat passband responses.

really flat alignment by changes in the value of Qv of

±20%, - 50%, and + 100% from the nominally correct
value. Fig. 9 shows the variations produced in the re-

0 _ sponse of the same alignmentby mistuning (a change inIcocjuJ)j _c=0.6 value of h or/B) of ±20% and ±50%. The effects areIll//
dB l---b-qllP----6 very similar to those .for the vented-box system [5, Figs.

7 and 8], as might be expected.
-10

1.4

' 6 = cc System Losses

-20 I I It can be expected in practice that QA and Qr_ will
.5 1 2 4 have about the same values for a passive-radiator system

ml S as for a comparable vented-box system, provided that no
additional leakage is introduced by such sources as faultyFig. 6. Responses obtainable front passive-radiator system

for the condiuon/5=a (equal passive-radiator and driver cum- passive-radiator sealing gaskets. However, Qt, may be ex-
pliances).

d4l t ' E ,:ju,,i,-.,
· 1 -10

el IIIIII II I liilt o
.5 .7 1 2 3 5 7 10 , I lllltf t I I I I I III

oc -20.5 .7 1 2 3 5 7 10

Fig. 7. Alignment chart for loss]ess passive-radiator sys- LUTs
terns with a:a.

Fig. 8. Variations in frequency response of lossless maxi-
mally flat a=a passive-radiator system for misalignment of

that are equal to or larger than the value required (V2) Q,r (from simulator).
for a lossless vented-box system.

It may be shown from Eq. (22) that if the passive-

radiator compliance is made infinite, the response is the +5 t-x h+50%
same as for the vented-box system i.e., Eq. (22) reduces

to [5, eq. (13)]. However, a common practical condition 0 +20%/ff__in a passive-radiator system is 8=a. This is because the /4/<.
passive radiator is often made from the same frame and JGtjuJ)l l:J" -50%
suspension as the driver; the diaphragm is simply made dB

heavier and the magnet and voice coil omitted. For the -10
condition 8=_, Fig. 6 illustrates some of the response
characteristics obtainable from the passive-radiator sys-

tem. These include equal-ripple, maximally flat, and qhasi
Il, ,;,,Il _t I I I , , ,,,I

maximally flat alignments? -20 .5 .7 1 2 3 5 7 10

aThe equal-ripple alignments used in this paper have nega- mi S
tive ripple and are not the same kind used; in [9]; those
alignments have positive ripple and are obtained for some- Fig. 9. Variations in frequency response of lossless maxi-
what different conditions. Both kinds are useful but possess really flat _=a passive-radiator system for misalignment of h
slightly different values of the efficiency factor k_t(m. (from simulator).
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pected to be lower for the passive-radiator system, because to construct the alignment chart of Fig. 11. This covers
RAy in this system is commonly of the same order of the same _=_ alignments as Fig. 7, but for the condition
magnitude as RAs. QB= Q6:7. This condition is so typical of the total-loss

The effects of enclosure losses in the passive-radiator structure of a wide variety of passive-radiator systems
system can be evaluated by introducing finite values of that have been tested (actual measured QBof 5) that no
Q.4, QL, and Qv into a correctly aligned lossless system, alignment charts for other values would appear to be use-
Fig. 10 shows the effect of Q values of 5 on the lossless ful. As a representation of typical conditions, Fig. 11 may
8-----amaximally fiat alignment, obtained by analog simula- be compared directly with [5, Fig. 11] for vented-box sys-
tion. Fortunately, passive-radiator losses have the least tems with Qn=QL=7.
effect on the system response.

All this suggests that the passive-radiator system will
Transient Response

The step responses of a selection of $=a lossless pass-
LOSSLESS ive-radiator alignments are presented in Fig. 12. If these

o f¢-2 5 .7 lwT S 2 3 5 7 l0 = = . 6=0c=6

Fig. 10. Effectsof enclosureandpassive-radiatorlosseson 0 '
responseof a losslessmaximally Hat &=a passive-radiator J , i , ,
system (from simulator). 0 1 2 3 4 0 1 2 3 4

f3t f3t
exhibit a lower measured value of Qn than its vented-box

Fig. 12. Normahzed step response oi passive-radiator loud-
counterpart, but that the total effect of this loss on re- speaker system (from simulator).
sponse will be only slightly greater. The lower value of
Qt_ has been confirmed by measurement on a number of are compared to the corresponding step responses of
passive-radiator systems for which the passive radiator equivalent vented-box alignments [5, Fig. 14], it is clear
could be replaced by an adaptor plate and a vent giving that the steeper cutoff slopes of the passive-radiator sys-
the same value of f_s. tem contribute greater overshoot and transient ringing,

particularly for systems with low compliance ratios. How-

Alignment with Enclosure Losses ever, as pointed out earlier, it is the value of 8 which is
of greatest importance. If 8 is made high, then even the

The exact alignment parameters for lossy passive- low-_ alignments for the passive-radiator system become
radiator systems are extremely difficult to calculate from very much like their vented-box system counterparts.
the relevant expanded form of Eq. (22). For this in-
vestigation, a shortcut was taken by observing the effects
of losses on the vented-box system alignment and modify- 4. EFFICIENCY
ing the lossless passive-radiator system alignments simi- Reference Efficiency
larly. The resulting alignments were tested by analog sim-
ulation and corrected as necessary to produce the desired The piston-range reference efficiency vo of the passive-
response shapes. The final alignment data were then used radiator system is the reference efficiency of the system

driver when the total air-load mass on the driver di-

aphragm is that imposed by the enclosure. Thus [4, eq.

6=o(. qL =7 (32)],

.6 f3/f-lLI 3_T by[I f3 4'r2 /'_'aVAsno = -- (28)

'_4 fs c:_ Q_.:s
.4 // - 2

-,_ _ Efficiency Factors
QT h,

_'"'_- '-,,U Following the method of [5, sec. 5], Eq. (28) may be

.2 _ Yl['_ 1 put into the form

Il I Y vo=k,/:_aVB (29)

0 .5 .7 I 2 3 5 7 10 0 where ]._ is the half-power or --3-dB cutoff frequency of
OC the system, V_ is the net internal volume of the system

enclosure, and k,, is an efficiency constant consisting of
Fig. 11. Alignment chart for O----apassive-radiator systems

with Q,, _ Q_.= 7. two factors; namely,
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k,, = k_,,o) k_,c;) (30) in k,(o) for 8 values above about 2; lower values, how-
ever, place the passive-radiator system at a definite dis-

where advantage.

k_(0) = Q_/Qr.s (31)
5. DISPLACEMENT-LIMITED POWER RATINGS

4*r2 V._s /ss 1

k_(o) = ca I/l_ faa · Q--_. (32) Driver Diaphragm Displacement
The passive-radiator system displacement function

Driver Loss Factor given by Eq. (23) has essenhally the same form as that
for the vented-box system [5, eq. (14)]. However, kx for

If R, = 0, then QT = QTs, where
the passive-radiator system, as given by Eq. (24), is less

QEsQ._Is than unity. This indicates that for very low frequencies
-- (33) at least, the driver diaphragm displacement for the passive-

Q'rs QEs+Q._m radiator system is less than that for the vented-box eye-

Thus tern. Fig. 14 is a plot of k:_[X(jco)[ for several of the loss-
less $=a passive-radiator system alignments. The fre-

k_(o) = Q'rs/Ql.:S = 1 - --Q_'s (34) quency scale is normalized to [_,' As expected, this plot
Q_IS

This efficiency factor reflects the effects of mechanical 0
losses in t_hesystem driver. For typical drivers used in 6=OC

passive-radiator systems, k_0) has a value in the range of m

08.0. -_-10
System Response Factor _,

For normal passive-radiator system enclosures contain- _ x i(X.?671'__. _

ina only a small amount of damping material used as a x,
lining, - 20

CA, = VB/(p0 c-°) (35) i I
.2 .3 .5 .7 1 2 3 5

andEq. (32) canbewrittenas UJTB
4_re a Fig. 14. Normalized diaphragm displacement of passive-

k,_) = ca Qr(fa/fs). _ (36) radiator system driver as a function of normalized frequencyfor several typical _=a lossless alignments (from simulator).

For any passive-radiator system alignment contained in is very similar to the corresponding vented-box data [5,
Figs. 7 or 11, the values of a, Qr, and /a/rs are known Fig. 17], except at very low frequencies. But the low-fre-

quency displacement decrease is not large.

4 _r_'_[-x] Il From Eq. (24)the displacement at very low fre-quencies can :be reduced by up to 6 dB if 3=_>>1.r_

LOSSLESSI___._L ] _ ' Significantly greater reduction is possible only ifa is large

(G)3 _ _--'_//-17-_7 and _ is small. Because small values of _ lead to ratherk'h poor performancein terms of transient responseand the

'_'[qL=7 _'_'_fll i_1 value of k,(s), it is clear that no dramatic reduction of10-62 very-low-frequency diaphragm displacement sensitivity

/ II over that of the vented-box system can be achieved with

Il {5= OC P.R. the passive-radiator system, unless a oonsiderable sacrifice1 of performancecanbe tolerated.

I ----VENTED I II Acoustic Power Rating
0

.5 .7 1 2 3 5 7 10 Assuming linear large-signal diaphragm displacement,
· OC the steady-state displacement-limited acoustic power

F_g. 13. Response factor k_(o) of efficiency constant for rating PAn of a loudspeaker system, from [4, eq. (42)], is
6=a passive-radiator systems (solid lines) and vented-box
systems (broken lines) with lossless enclosures and with 4trap0 fs4VD 2
Qe = Q_ = 7. PA_ = -- (37)c k/-'lx(io,)!.......

and the value of k,,r(j_ may be calculated. Fig. 13 is a where lX(j,0)lm.xis the maximum magnitude attained by

plot of the value of k, rc,) as a function of a for QL equal the displacement function and Vo is the peak displace- 1

to 7 and infinity. For comparison, the corresponding ment volume of the driver diaphragm. The latter is given
curves for vented-box systems [5, Fig. 15] are shown by by
broken lines. Note that the pairs of curves differ only in Vo = So x ..... (38)
the value of 3; this is infinite for the vented-box system
but equal to a for the passive-radiator system. Thus for where Xm._ is the peak linear displacement of the driver

the alignment types included here, there is little difference diaphragm.
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Eq. (37) may be written in the form system is determined on the basis that the limiting factor
is the displacement volume of the driver. If this power

P_xa =kp fa4 VDe (39) capacity is to be realized in practice, the passive radiator

where kv is a power rating constant given by must be designed so that it is capable of displacing the
maximum volume required of it by the system at rated

ky = __4_raP° 1 (40) power output. This volume displacement requirement is
c (/a//s)4 (kx[X(joOI ..... 2 normally larger than that of the driver and is the physical

reason for the relatively high power rating constant of the
Values of (/://s) may be calculated for any alignment, system.

From Fig. 14 the quantity k,lX(jo_) [ has two maxima, The relative maximum volume displacement require-
one within and one below the passband, just as for the ments for the driver and passive radiator may be found
vented-box system. For the passband maxima, the mag- from Eqs. (23) and (25), recognizing that at zero fre-
nitudes are very little different from those of comparable quency the passive-radiator volume displacement must be
vented-box alignments. The alignment data are also simi- 3/(3+ 1) of that of the driver as noted in Section 2. Fig.

lar, particularly for large 3. Thus for average program 15 illustrates the relative displacements as a function of
material having most of its energy within the system pass-
band, the power ratings must be about the same as .for

vented-boxsystems,i.e. [5, eq. (41)], 0

PAR = 3.0 fa4 VD2 . (41) dB _--
For a graphical illustration of this relationship between
acoustic power rating, cutoff frequency, and drivex dis- -10

placementvolume, see [5,Fig. 19]. DRIVER
Note that this rating is not affected by the displacement

reduction that occurs at very low frequencies for the pass-

ive-radiator system, because this reduction does not ex- -20 I I I L I
tend to the frequency range near cutoff. However, it is .25 .5 1 2 4
reasonable to expect that the passive-radiator system wi S

should be somewhat less vulnerable to very-low-frequency Fig. 15. Normalized displacements of driver and passive-
signals such as amplifier turn-on and turn-off transients radiator as a function of normalized frequency for lossless
and the too hastily lowered pickup stylus, maximally flat 0:e passive-radiator system alignment.

Electrical Power Rating frequency for the lossless maximally flat 3=a alignment.
The maxima occur at different frequencies, but, most im-

The displacement-limited electrical input power rating portantly, high passive-radiator displacement is required
PEn of the passive-radiator system may be obtained by within the system passband.
dividing the acoustic power rating by the system reference For program-rated systems, the passive radiator dis-
efficiency. The dependence of this rating on the impor- placement volume Vee must typically be about twice the
tant system parameters is observed by dividing Eq. (39) rated driver displacement volume VD. Fig. 16 is a plot of
by Eq. (29): the required ratio of Vm_ to Vo as a function of _ for all

of the 3=_ alignments. If driver and passive radiator
PAn kv fa V°2PEn ---- = (42) have the same effective surface areas, the maximum
VD k,, V_ linear displacements must be in this ratio.

6. PASSIVE-RADIATOR REQUIREMENTS 6 o_

The effective surface area of the passive radiator is 3 %

usually made equal to that of the driver. This condition is NN
not necessary for successful operation, but several factors
encourage it. It was stated earlier that the passiveradiator 2
is often made from the same frame and suspension as the VpR

driver; the economic advantages of this approach are VD
readily apparent, and it results in equal areas. 1

The use of a passive radiator which is substantially
larger than the driver is seldom feasible because of the
required baffle area. In most cases the size of both 0 , ,, r , , ,,
driver and passive radiator are limited by the enclosure :7 ] 2 3 5 7 10
dimensions, and it is impractical to make the passive ra- 0C
diator area more than about twice that of the driver. Fig. 16. Required ratio of passive-radiator displacement

volume Vt, to driver displacement volume V, as a function
The alternative of making the passive radiator smaller of a for program-rated 0=a passive-radiator systems (from

than the driver is almost never encountered. The principal simulator).
reason for this is that the volume displacement required

of the passive radiator is quite substantial. A small area Not all high-quality drivers have a suspension capable
therefore requires a very large linear displacement cap- of more than twice the linear displacement that the mag-
ability which can be difficult to achieve in practice, net/voice-coil structure can provide with good linearity.

In Section 5 the power capacity of the passive-radiator For this reason, optimum design of passive-radiator sys-
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terns may require that the passive-radiator suspension be slightly greater than RE; the additional resistance is con-
somewhat different from that of the driver. The "con- _ibuted by enclosure and passive-radiator losses and de-
venience" of using the same suspension may in fact re- signated Rmv
sult in limited power capacity compared to that which

could be achieved with a specially designed passive radia- Small-Signal Parameter Measurement
tot.

An interesting feature of the 3=a alignments is the The measured impedance curve of a passive-radiator
small variation of the required value of y= (/P//s). For system conforms closely to the shape of Fig. 17. The ira-
the most common alignments, a passive radiator made pedance maximum .a.t/s, is usually lower than that at/rt

from the same frame and suspension as the driver (as- because of passive-radiator losses. As in the case of the
suming adequate displacement capability) consistently re- vented-box system, the basic system parameters may be
quires a diaphragm mass almost twice that of the driver evaluated with satisfactory accuracy by ignoring enclosure
for correct system alignment, and passive-radiator losses for initial calculations and then

The general requirements for a passive radiator may be calculating the system losses using the _pproximate sys-
summarized as acoustic mass and displacement volume tem data.
roughly twice those of the driver, acoustic compliance Ignoring enclosure and passive-radiator losses, and as-
equal to or greater than that of the driver, and sus'pen- suming that f:u _-/e,, Eq. (26) may be used to derive the
sion losses as low as possible, following parameter-impedance-plot relationships:

3+ 1 /l_2 /sB2

7. MUTUAL COUPLING IN PASSIVE,RADIATOR '_+_+ 1 - fi,2 fu 2 (43)SYSTEMS

Mutual coupling in passive-radiator systems takes the a _ _ (/H+/_) (/H--/_) (/t_+/L) (/l_--[L). (44)
same form as for vented-box systems [5, sec. 8]. How- _+_+1 fL 2 /u 2

ever, the effects are generally even smaller than for the These relationships do not give an immediate solution for
vented-box system, any of the passive-radiator system parameters as do their

If the diameter of the passive radiator is equal, to that counterparts for the vented-box system '[5, eqs. (44) and
of the driver, as is usual, the minimum center-to-center (45)]. This is because only the same amount of informa-
aperture spacing is greater than for the vented-box sys- tion is available from the impedance curve while the sys-
tem, and the mutual coupling mass is therefore smaller. rem has the additional parameter $ to be evaluated.
Furthermore, passive radiators are most often used in However, it is relatively easy to evaluate a. If the pass-
smaller loudspeaker systems which require relatively ive radiator can be removed from the enclosure, it can
iheavy driver cones to obtain extended low-frequency re- be replaced temForarily by a vent. Then/sg and a can be
sponse. The mutual-coupling mass under these conditions calculated as /or a vented-box system from [5, eqs. (44)
represents only a tiny fraction of the total driver moving and (45)]. The passive-radiator aperture can also be
mass, giving quite negligible effects on both performance blocked off and a evaluated as for a closed-box system
and measurement, from [8, eq. (48)]. Alternatively, the driver resonance fre-

quency /s may be measured and adjusted to correspond
8. PARAMETER MEASUREMENT to the air-load mass applicable in the enclosure; then,

V°ice-Coil Impedance using the passive-radiator system impedance-plot data,

The voice-coil impedance function of the passive- /u 2 + /I_2 --/R 2
a = -- 1 (45)

radiator system is given by Eq. (26). The steady-state fsB2
magnitude IZvc(jro) I of this function has the shape plot-

where Eq. (45) is derived directly from Eqs. (43) and
(44).

r H With _ and/s_ determined, 3 may be found from either

-_- /_ __xl-_ _-I_'l Eq. (43)or Eq. (44). A useful check for errors of mea-

.g _1 surement, calculation,or approximationis the computa-
o uJ tion of 8 from both equationsand comparisonof the

N values obtained. Using the measured values of $ and/'_, fi,
may be calculated from Eq. (21).

The remaining system parameters are measured in the

RE+RBIV _ rM manner described in [4, Appendix] and [5, sec. 6]. The

RE 1 value of Q_ computed from [5, eq. (49)] includes theeffect of passive-radiator losses; assigning a value about
30-40% greater than this to QL gives a very satisfactory

fL fM fH picture of the system response for evaluation purposes.
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Passive-Radiator Loudspeaker Systems
Part I1:Synthesis*

RICHARD H. SMALL

School of Electrical Engineering,
The University of Sydney,
N.S.W. 2006, Australia

Passive-radiator loudspeaker systems can be designed to specification as easily as
vented-box systems. Driver requirements are generally about the same as for compara-
ble vented-box systems, and the requirements of the passive radiator are directly related
to those of the driver. The passive-radiator principle is particularly useful in compact
systems where vent realization is difficult or impossible, but it can also be applied
satisfactorily to larger systems.

INTRODUCTION: The analysis presented in Part I in Part I. However, some of the particular similarities
shows that the passive-radiator system is a very close and differences merit further discussion.
relative of the vented-box system. The principal differ-

ence in performance is the presence of a notch in the Driver Requirements
frequency response below cutoff. While this notch can

For a given specification of enclosure size, system re-noticeably degrade performance, it can through the pro-
vision of high passive-radiator suspension compliance be sponse, and power capacity, the required driver param-
placed so low in frequency that the system performance eters are virtually the same for both vented-box and
is virtually indistinguishable from that of a vented-box passive-radiator systems. Expressed in another way, a

system in most fundamental respects, particular driver will give substantially the same per-
However, the passive-radiator system has the distinct formance in a given enclosure, regardless of whether

advantage that it is physically realizable in many cases the enclosure has a vent or a passive radiator, so long
where the vented-box system is not. This is particularly as the passive-radiator compliance ratio _ is high, the
true of very compact designs which are required to have passive-radiator losses are not excessively large, and the
a low cutoff frequency. Fortunately it is just this require- enclosure is tuned to the correct frequency in each case.
merit which is easiest to realize with the notch frequency
well below cutoff. In this regard, the passive-radiator Design Complexity
system may be considered as a most natural and logical The additional design complexity of the passive-radia-

extension of the vented-box system [10]. tor system is entirely associated with the passive-radiator
suspension compliance. Fortunately, this compliance is

9. DISCUSSION not critical in the sense that it must always be adjusted

Comparison of Passive-Radiator and to a precise value. The general requirements are easily
Vented-Box Systems summed up: allow for the required displacement, and

provide maximum compliance (at least equal to that of
Many of the major differences between vented-box the driver) with minimum losses. If these requirements

and passive-radiator systems have already been presented are observed, the design of passive-radiator systems is no

more comp'_ex than that of vented-box systems. The only
practical difference is that the required value of fB is

* An abridged version of this paper was presented Septem- obtained by adjusting the passive-radiator diaphragmbet 10, 1973, at the 46th Convention of the Audio Engineer-
lng Society. mass instead of the acoustic mass of a vent.
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4f It is emphasized that the condition _ = -, though com-

1_,_ I [ J Jill mon in practice, is used in this paper only as a matter of
LOSSLESS xL I I I Ill · convenience to simplify the vast range of possible align-

CG)3 Ix[__l [ I-17['_7 [ ments. For best performance it is clearly advisable toI<_ use the highest practicable value of passive-radiator com-

._ -_QL= 7 -___.._ pliance.

'0-62 ,i,_! [ _ !.i! iL Large-SignalPerformance6 = . Given adequate passive-radiator displacement volume,
1 only small differencesare likely to exist in the power

IIIIIIv=i. capacities of the two systems. These would depend upon
I [_ the specific relationship between the power spectrum of

0 the driving signaland the exact alignmentof the systems.
.5 .7 1 2 3 S 7 10

DC Popular Beliefs about Passive Radiators
Fig. 13. Response factor kine> of efficiency constant for _=a
passive-radiator systems (solid lines) and vented-box systems Two particular advantages which are widely claimed
(broken lines) with lossless enclosures and with QB=QL=7. for passive-radiator systems, either in popular magazine

articles or in advertisements, deserve specific comment in
the light of the preceding analysis and discussion.

Small-Signal Performance The first claimed advantage is that the uniform air-

particle velocity in the region of the passive radiator is
Fig. 13 (repeated from Part I) shows that the two

an improvement over the comparatively nonuniform am-
systems have comparable small-signal performance limits plitude and phase conditions existing over the aperture
when _ is large. For small values of 8, however, passive- of a vent.

radiator systems have significantly lower values of k_(o) This observation first appeared [2, p. 225] in support
than do their vented-box counterparts. This is why of a claim that the nonuniform particle velocity in a
passive-radiator suspension compliance should always be

vent gives rise to vent losses which are eliminated by the
made as high as practicable.

For a range of alignments near and above ,_ -- 3, Fig. use of a passive radiator. This is of course nominally
true, but if a vent is properly designed and unobstructed,

13 shows that the lossless _ -- a passive-radiator system then the amount of energy dissipated as a result of non-
has ,a value of k_(_) slightly greater than that for the

uniform air velocity is relatively small compared to
lossless vented-box system. Fig. 18 compares the re- other enclosure losses [5, sec. 3] and easily may be ex-
sponses for a = 3; the driver parameters are virtually ceeded by that dissipated in the suspension of typical

identical for both systems. The value of /a for the pas- contemporary passive radiators.
sire-radiator system is indeed about 1% lower, while Other authors have sometimes misinterpreted the text
/he cutoff slope is visibly steeper, of [2] and have claimed or suggested that nonuniform

For systems with realistic losses, the passive-radiator particle velocity in a vent is by its very nature inefficient
system appears to be at a disadvantage compared to the or even nonlinear. But from [4], the relative amplitudes
vented-box system, although the difference is very small

and phases of individual particles are not important. It is
when o is large. Fig. 19 shows the frequency response their total integrated effect, i.e., the total (phaser sum)
measured by the method of [1 I] for a laboratory driver

volume velocity crossing the enclosure boundaries, that
and test enclosure, first with a vent and again with a

determines the system output. So long as the average
passive radiator. The compliance ratios (8 and a) of about

particle velocity in the vent is held within the limit dis-
unity for this particular system theoretically should favor

cussed in [5, sec 8], all air movement can remain sub-
the use of a vent. The penalty for low passive-radiator stantially linear and no loss of output or significant non-
complianc e is readily apparent in the higher cutoff fre- linear distortion will occur.

quency and steeper initial cutoff slope for the passive The second claimed advantage of passive-radiator sys-
radiator, terns (which is particularly popular with advertisingcopy-

0 VENT

l_(jwll DC=3

da -10 PASSIVE

-10 / _RADIATOR

VENT IVE

/[ RADI I , , , i,,I ,..ATOR - 20 20 50 100 200

i / ii [ [ i f, Hz.. -20 .5 1 2 4 8

wTS Fig. 19. Response of experimental loudspeaker system with
interchangeable vent and passive radiator. Parameters with

Fig. 18. Response of lossless vented-box and _=a passive- -vent: a = 1.0, h-lA, QT=0.37, QB:9; passive-radiator cum-
radiator systems for a=3 (from simulator), pliance ratio _l= 1.0.
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writers) is that the use of a passive radiator "doubles the larger systems for which they were more ideally
the radiating area at low frequencies." It is naturally suited.

implied that this is somehow beneficial to performance. All systems had values of a and * equal to or greater
The passive-radiator system does indeed possess the than 3, and for the most part these were equal. Three

same advantages over the single-diaphragm closed-box systems had measured QB values of 5; the others had
system as does the vented-box system [5, Part II]. These values of 4 and 6. Reference efficiencies were all between

advantages, however, depend simply on the presence of 0.4 and 0.6%.

the secondary aperture, not on its area. The passive All the systems tested were extremely well made and
radiator aids the driver only to the same degree as does appeared to be the result of very careful testing, as would
a vent. In fact, over the frequency range near fB where be expected from these particular manufacturers. It ap-
the passive radiator (or vent) contributes most usefully pears that the lack of generally available design infor-
to the system output, it does so through reducing and mation for passive-radiator systems has limited their
replacing, rather than supplementing (as so often im- application to only the most competent manufacturers
plied) the motion of the driver, who have the skill and facilities to carry out careful

design and evaluation.
Additional Features of Passive-Radiator

Systems

It might appear from the discussion so far that there 10. SYSTEM SYNTHESIS

is no advantage to using a passive radiator in larger System-Component Relationships
systems for which a satisfactory vent could be realized.
Certainly the passive radiator represents a moderate ad- The design of passive-radiator systems is exactly ana-
ditional cost. Measurements made on systems of this logous to that of vented-box systems [5, sec. 10]. The
type using interchangeable vents and passive radiators basic small-signal alignment data are obtained from Fig.
indicate consistently that a passive radiator has greater 11 (xepeated from Part I) for the vast majority of systems

losses and gives a slightly higher fa compared with a having _----_ and a typical (effective) QB value of 7. The
vent. But there are at least two features of the passive 'alignment chart for vented-box systems with QB = 7 [5,
radiator which do not appear in the basic analysis of Fig. 11] is also valid for passive-radiator systems with
the system that are worth taking note of. infinite _ and is reproduced here as Fig. 20. This chart
· First, a passive radiator is entirely free of the windage may be used in conjunction with Fig. 11 to interpolate

and resonant-tube noises which are often generated by a

vent operated at high volume velocity. So long as the

passive radiator is designed to accommodate large linear 6 = OC QL= 7
volumedisplacements,the total spurious distortionof the .6 3

passive radiator may then be less. _,_,T f3/fsJ'J_ f3

I JZLH4-'Second,the passiveradiator acts as a physicalbarrier fS
to the propagation of sound at high frequenciesfrom .4 2
within the enclosure. Some of the sound coloration which _,. 1/_ [

results from the coupling of internal standing-wave modes QT __ll I I ",J_r_'l I I , I h,of the enclosure to the room via natural propagation .2 1

through theairofaventisthussubstantiallyreducedor _"lll I I

eliminated by the use of apassive radiator. [ Jill ] I ] Y
These two features of the passive-radiatorsystem are 0 0

perhaps secondary in nature, but they could be impor- .5 .7 1 2 3 5 7 10
taut in particularapplications. CC

Fig. 11. Alignment chart for _=a passive-radiator system with
Typical Passive-Radiator System Performance Q_= QL=7.

During 1969 and 1970 a sample of commercially

produced passive-radiator systems was tested by measur- Q 7
ing the basic system parameters and obtaining the sys- , .5 .7 1 _ k L=I L I I I J

tem response from an analog simulator adjusted to du- B , 0 i ;> 3 5 '7

plicate the system parameters. Only five such systems 0.6 [N_'N'i Al. ]4_llt 3could be obtained at the time, ranging in enclosure vol- f3/fs f3

nme from 12 to 56 dma (0.4 to 2 fta). They were produced OT ' [,,_ ]/_' J_ _S'

by one manufacturer in the United States and one in 0.4 I' I II[lllGreat Britain. Three used 8-in (20-em)drivers and pas- h

sive radiators, one used 10-in (25-cm) units, and the ''_ h

last used 12-in (30-cra) units. 0.2 ..,,,_'_ [ I r-l,J,J 1

Four of the systems had cutoff frequencies fa below ' []__[[ I _
50 Hz (the lowest was 39 Hz) and response peaks

less than 1 dB. The fifth (and smallest)systemhad a 0 0
cutoff frequency of 60 Hz and a response peak of 3 dB; .3 .5 .7 I 2 13 5 7 10
this performance was expected because the enclosure 0C
volume was only 12 dm a (0.4 fta) and the driver and Fig. 20. Alignment chart for vented-box systems with Q_=Q_

=7. Also valid for passive-radiator systems with infinite /_
passive radiator were identical to those used in one of (y = 0).
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alignments for systems with values of _ greater than a.

Comparison of the two figures shows that there is little _ 6=0C
difference in Q_r or ]a//s for large values of a; only h o
varies noticeably with 0, but not very much.

For unusual design conditions wherein QB is quite
4

'01 , I,,l _ I I , I , I,_1 I

high or low, but provided that c, is large and * is equal V_
to or greater than a, any of the alignment charts of [5]
may be used in place of Fig 11. It is the rarity of
either extreme-loss condition, the usefulness of these ]
alternate charts, and the relative unimportance of the
actual value of _ (so long as it is large)that make it un-

necessary for any charts other than Figs. 11 and 20 to .7 ] 2 3 5 7 10
be provided here. For extremely unusual design cases, 0C
alignment data may be calculated from the relationships Fig. 16. Required ratio of passive-radiator displacement vol-
given in the Appendix. ume VeR to driver displacement volume V, as a function of c_

System design procedures are summarized below for for program-rated, _=c, passive-radiator systems (from simu-lator data).
both the optimum use of a given driver and the design

of a complete system from specifications. Each summary enough to promote resonant-pipe amplification of vent
is followed by a specific design example, windage noises. This suggests that a passive radiator

would probably give better overall system performance.
Design with a Given Driver Second, the driver parameters used in this example are

in fact those of a driver of the same type as that con-
The design of an enclosure and passive radiator to

suit a given driver begins with knowledge of the basic tained in one of the commercial passive-radiator systems
small-signal parameters of the driver: rs, QTs and VAs. described in the previous section. The calculated enclo-
If these are not already known, they may be measured sure design may thus be compared to that found desir-

by the method given in [4]. The measurements should be able by the manufacturer.
made with the driver on a standard test baffle or the The driver parameters are
results otherwise adjusted to correspond to the air-mass

loading conditions of an enclosure; i.e., it is /sB (and fs = 33 Hz
the corresponding value of QTs), not fsA (the value for QMs = 2.0
free-air loading) that is needed. QEs = 0.45

The value of QTs must be no larger than about 0.5 VAs = 57 dm a (2 ft a)
for use in a passive-radiator system. Larger values lead VD---- 120 cm a
to alignments with excessive passband ripple, it is as- PEa: (adequate for use with 25-W amplifier)

sumed here that the system will be used with an amplifier, and by calculation using Eq. (33) and (28),
having negligible output (Thevenin) resistance so that
QT = QTs. Thus if the value of Q'rs is reasonable, find QTs: 0.37
this value on the QT curve in Fig. 11. The value of a VD= 0.44%.

on the abscissa corresponding to this value of QT is the For the.vented-box design example, the modest enclo-
system compliance ratio required for an optimum "flat" sure size led to the assumption of QB = 10. Clearly, the
alignment. Using this value of a, the other curves.of the enclosure loss must be higher with the passive radiator,

figure give the required values of h or y (and therefore especially if the latter is constructed from the same sus-
[_ or [p) and the resulting value of fa for the system, pension that produced QMs _ 2 for the driver. Hence,
The required enclosure volume is VB = VAs/a. using the alignment data fro m Fig. 11, and assuming

The system reference efficiency VD is calculated from negligible driving source impedance so that QT ----QTs =

the driver parameters using Eq. (28). The approximate 0.37, the appropriate system small-signal parameters are
displacement-limited acoustic power capacity PAR is cal-
culated from Eq. (41) if VD is known; VD can be eval- a = 1.72
uated as described in [8, sec. 6]. The approximate dis- h = 1.30 (y = 0.79)

placement-limited input power capacity PER is found by /a/rs = 1.28

dividing PAd by VDas indicated by Eq. (42). and the system design is thus
If the passive radiator is made from the same frame

and suspension as the driver (assuming adequate dis- VB: 33 dm a (1.2 ft 3)
placement capability), the diaphragm mass is adjusted to fB = 43 Hz (/p = 26 Hz)
obtain the required value of fB as indicated by the system fa = 42 Hz.

impedance curve (see Section 8, Part I). From Eqs. (41) and (42),

Example of Design with a Given Driver PAa = 3fa 4 VDe= 130 mW
PEa = PAi_/Vo : 30 W.

It is instructive to repeat here the design example car-
ried out in [5, sec. 10] for two reasons. First, in that For the 25-W input limit recommend by the manufacturer

example the required vent dimensions of 65-mm (2.6-in) for this driver, the useful value of PAR is 110 mW.
diameter and 175-mm (7-in) length are not wholly desir- For 3=a, Fig. 16 suggests that Vra must be about
able. The length is somewhat excessive for a compact en- 2.9 times VD. Because the input power is restricted
closure, and the ratio of length to diameter is great to 25 W, not quite all of the available VD is used; the
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required value of VvR is therefore about 320 cm a. If The actual alignment has not yet been specified.

the passive radiator has the same diaphragm area as the For the specified enclosure size it is assumed that both
driver, its total "throw" must be a substantial 32 mm driver and passive radiator must be 8-in (20-cm) units.
(1.3 in). With such a configuration,it should readily be possible

The vented-box system designed around this driver in to obtain a and * values of 3. From Figs. 6, 12, 13, and
[5, sec. 10] has a 37-dm a (1.3-ft a) enclosure, a cutoff 16 this alignment provides satisfactory response with

frequency of 38 Hz, but a power capacity of only 90 mW a _reasonable value of k,,(c) and a moderate passive-
acoustical and 20 W electrical. The passive-radiator radiator-driver displacement ratio. This completes the
design, as a result of its higher cutoff frequency, makes system specifications. It is assumed that amplifier driving
better use of the maximum thermal power capacity of impedance will be negligible and that system losses will
the driver. But because the values of a and especially o be of normal magnitude.
are not particularly high, the value of k, for this system Design then begins with Fig. 11. For _ = a = 3, the re-
is noticeably poorer. A higher value of o (greater passive- quired alignment parameters are
radiator suspension compliance), if physically realizable,
would be an advantage to this system. Qv: 0.30

For comparison, the commercial system which uses h: 1.52 (y: 0.76)
this driver has the measured properties /a/rs: 1.63.

VB: 21 dm a (0.74 ft a) Thus the required driver parameters are
fB = 44 Hz (fp = 23 Hz)

fa: 46 Hz fs = 24.5 Hz
QB = 5.1. VAs = 75 dm a

Q_s = 0.30
This represents a higher a (and 8) alignment which has a

slight (I-dB) response peak and quite satisfactory cutoff and the passive radiator mass must be adjusted so that

frequency. And significantly, the displacement require- f_----37.3 Hz
ments for both driver and passive radiator are consider-

ably reduced for this system if the input power is still or, from Eq. (21),
restricted to 25 W. fy: 18.6 Hz.

Design from Specifications If it is assumed that the driver QMs will be about 3,
a typical value for such a driver, then the required elec-

The procedure for designing a passive-radiator system trical damping is
from specifications essentially follows that of [5, sec. 10]
for vented-box systems. For passive-radiator systems, QEs = 0.33.

however, the range of alignments specified should be Then from Eq. (28),
limited to system compliance ratios (or at least _ values)
of 3 or more. For _= a designs, Fig. 11 of the present VD= 0.32%.
paper can be used for determination of the driver and

From the large-signal specification, Eqs. (42) and (41) give
passive-radiator small-signal parameters. As with the

vented-box system, an alignment with passband peaking PAs = 15(0.0032) = 48 mW
may be obtained by allowing a modest increase in Qv
and/or h over the values required for flat response, and

The mechanical properties of both driver and passive VD _ 80 cm a.
radiator are calculated from the acoustical requirements
by the method of [8, sec. 10] or [5, sec. 11]. The required From Fig. 16, Vmd VD = 2.25, so
value of Vrn is found from Fig. 16 after the required
value of Vo has been calculated. VrR = 180 cm a.

For 8-in (20-cm) units with a typical diaphragm area of
Example of Design from Specifications 2.0 x 10 -2 m 2, the total "throw" must then be 8 mm

One of the ideal applications of the passive-radiator (0.31 in) for the driver and 18 mm (0.7 in) for the pas-

principle is in compact systems where a low cutoff fre- sive radiator.
quency is required together with a relatively high value Finally, the driver voice coil must be able to dissipate
of the efficiency constant kn. Such loudspeaker systems as heat an average nominal input power of at least 1.5 W.
can be expected to provide satisfactory acoustical per- The remaining physical properties of the driver and
formance when driven from amplifiers of moderate passive radiator are calculated as outlined in [8, sec. 10].

power and indeed would typically be sold in pairs for For the driver, these are

use in small rooms together with a stereo amplifier having C_s: VAs/(PoC2SD 2) = 1.34 × 10-a m/N
a continuous power rating of about 15 W per channel. M_ s = (_osUCMs)-1 = 31.5 g
Accordingly, let the system specifications start with the Mm): M,_fs -- (air load) = 28.7 g (a heavy cone)
following: B212/RE = ,_sM_m/ QEs : 14.7 N-s/m

VB: 25 dm a (0.9 ft a)
/a: 40 Hz or, for R E = 6.5 _ (typical for 8-9 rating),

Pm_ = 15 W BI ----9.8 T'm.
Use: normal program material with 10-

dB peak-average power ratio. Similarly, for the passive radiator,
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Cam = 1.34 × 10-a m/N and d is the largest positive real root of the equation

M._tv = 54.3 g (including air load) d4 -- (A 1 -- 2B0d a -- (A 2 -- 2Be)d 2 -- Aad -- 1 = O.
M_m = 51.5 g. (A-7)

11. CONCLUSION For a response function specified in terms of the values
of kl, ko, and ks, the A i and B, coefficients can be calcu-

The passive-radiator loudspeaker system is a nearly lated from Eq. (A-4). Then, using Eq. (A-2), the ai and
equivalent alternative to the vented-box system. It is b, coefficients may be found as follows:
particularly adaptable to compact enclosures for which a
vented-box design cannot be satisfactorily realized, b2 = B2 '_ (A-8)

It is important that the passive-radiator suspension
compliance be made as high as conveniently possible and a2 is found as a positive real root of
that the displacement limit be large enough to comple- a24 -- 2(A a + 6)a22 -- 8(A 1 -+- Aa)a 2 Jr- (A 2 -- 2) 2
ment the full output capability of the driver. Beyond -- 4A 1 A a: 0
this, the designrequirementsare no moredifficultthan for (A-9)
the vented-box system; maximum performance generally then
results from the intelligent selection of alignment type a1 = (A 1 + 2a2) '/2

and the avoidance of unnecessary losses, aa = (A a -{-2a2)'/%
(A- 10)

APPENDIX Types of Response

ELLIPTIC FILTER FUNCTIONS AND Elliptical Responses [7]ALIGNMENT OF THE LOSSLESS

PASSIVE-RADIATOR SYSTEM This family of responses is characterized by ka =0.
The amplitude response has equal-ripple characteristics in

General Expressions both passband and stopband.
The general form of filter function given in Eq. (27)

is expressed in magnitude-squared form as Symmetrical Elliptical Responses

°JSToS+ Blw6T06 Jr-Bew4T04 This family of responses is characterized by ka = 0
[Gu(J_°)l=--_oSToS + Al_o6To6 + A2w4T04 2r-Aaw2To2-{-1 and k2 = k1. It has the same properties as the general

(A-i) elliptical family with the addition of the symmetry char-

where acteristic

A1 = al 2_ 2a2 G(sTo) '= 1 -- G(1/sTo). (A-Il)
A 2: a22 -+' 2 -- 2al aa
A a = aa2 -- 2a2 (A-2) Maximally-Flat-Passband-Amplitude Responses
B1 = _262 [12]
B2 = 622. The general maximally flat passband requirement [7]

It is convenient to use a restricted form of Eq. (A-l) is satisfied by Eq. (A-3) for ka = ka = 0. This requires
in which the polynomial coefficients are replaced by con- that, for any suitable value of al,

stants which relate directly to the types of responses aa = 2/al + a_/d2
found to be useful. This is aa = aa2/2 (A-12)

]G_(/o,)12= ba = a2 -- ale/2.

'°4To4(kla -- °'2To2)2 "Quasi-Maximally-Flat" Responses

oATo4(kl2 -- _o2To2)2+ (1 -- ko2w2To2)2 + ka2w2To2. The condition of Thiele's "quasi-Butterworth" re-
(A-3) sponses [13] is met by Eq. (A-3) for ke = 0 and ka > 0.

It is obvious from Eq. (A-3) that the system response null

occurs when _0To = kl; i.e., k1 is the normalized frequency Alignment of Lossless Passive-Radiator System
of the response null and is equal to (be) '_.

For equivalence of Eqs. (A-l) and (A-3), For the lossless passive-radiator system, the response
function given in Eq. (22) is equivalent to Eq. (27) for

B 1 = --2kl 2

'B e = kl 4 To = (TpTs)"_/_, '_
A x = --2kx e (A-4) be = Y/'_
Az = kl 4 q_ k24 a 1 = 1/(QTy'% ,'_) (A-13)

Aa = kaz -- 2ks2' a2: (1/_)[y(a + 1) q- (a + 1)/y]

This imposes the constraint A 1 = B1, but this constraint aa = Y'/'(* + 1)/(Qt'y _')
is common to all of the responses found useful.

where y is given by Eq. (19) and
The half-power (-- 3 dB) frequency fa of any alignment

is given by _ = a + _ + 1. (A-14)
fa/fo = d _ (A-5)

where For any given response, the parametersof a losslesssys-
fo = 1/(2_T0) (A-6) tem which will produce this response are thus
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For the elliptical and quasi-maximally-flat alignments
there is an extra degree of freedom, and it is useful to

fix an additional parameter relationship so that only a REFERENCES
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[7] L. Weinberg, Network Analysis and Synthesis,
Then Chapter 11 (McGraw-Hill, New York, 1962).

[8] R. H. Small, "Closed-Box Loudspeaker Systems,"
be: r '_ J. Audio Eng. Soc., vol. 20, no. 10, pp. 798-808 (Dec.

aa/al = bs (ct + 1) 1972); vol. 21, no. 1, pp. 11-18 (Jan./Feb. 1973).
a2 = be(ct + 1) + (a + 1)/[b2(2ct q- 1)] [9] Y. Nomura and Z. Kitamura, "An Analysis of De-
as = [2(a2 _ b2)]'_ sign Conditions for a Phase-Inverter Speaker System with
aa = alb2(ct + 1). (A-19) a Drone Cone," IEEE Trans. Audio and Electroacoustics,

vol. AU-21, ne. 5, pp. 397-407 (October 1973).
The remaining alignment parameters are then found from [10] B. N. Locanthi, "Application of Electric Circuit
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occurs for 0: ct_ 3.01. By analogy with the vented-box [11] R. H. Small, "Simplified Loudspeaker Measure-
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for elliptical responses, and larger values for quasi-max- 32, no. 8, pp. 299-304 (August 1971); republished in J.
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1 + V2 is a symmetrical alignment. [12] A. Budak and P. Aronhime, "Maximally Flat Low-

qlae alignment parameters for quasi-maximally-flat re- Pass Filters with Steeper Slopes at Cutoff," IEEE Trans.
sponses are obtained as above except that Eq. (A-18) Audio and Electroacoustics, vol. AU-18, no. 1, pp. 63-66
simplifiesto (March1970).

[13] A. N. Thiele, "Loudspeakers in Vented Boxes,"

_J Proc. IREE Australia, vol. 22, pp. 487-508 (Aug. 1961);1 'b2 + 4ac -- b (A-20) republished in J. Audio Eng. Soc., vol. 19, pp. 382-392,
r -- 2a +_ 2a 471-483 (May and June 1971).

where

a=_(3ct+2)

b = 2a 2 Note: Dr. Small's biography appeared in the October 1974
c = (ct + 1)2. issue.
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