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Preface

Meyer Sound has exerted a powerful influence upon the
audio industry since its inception in 1979. Many of the
reasons behind this influence are revealed in this book,
which brings together Meyer Sound's products, history,
and philosophy.

This book is designed to serve as a comprehensive refer-
ence document for current and potential Meyer Sound
users, going far beyond the scope of data sheets and op-
erating instructions. I have made every effort to mini-
mize the mathematics in favor of practical examples.
Wherever possible, points are illustrated by field data
accumulated from my extensive library of SIM® System
II measurements.

In my capacity as SIM Engineer, I have been fortunate to
have had the opportunity to align sound reinforcement
systems, of virtually every shape and size, for some of
the world's finest sound engineers and designers. Each
system and venue present unique challenges that make
each day a learning experience. Over the years, my goal
has been to find repeatable solutions for these challenges
by developing a methodology that can clearly differenti-
ate the complex mechanisms that affect a sound rein-
forcement system. The result is an approach to sound
system design and alignment that transcends a particu-
lar musical genre or type of venue. This is the essence of
Meyer Sound Design Reference.

This book is divided into five major sections that flow in
logical order from system conception to final alignment.
A Meyer product revision history and appendix follow.

Section 1: Building Blocks describes the components
that, when taken together, create a complete sound sys-
tem. Each component is detailed with key factors that
must be considered for optimum performance.

Section 2: Acoustical Factors describes the acoustical
mechanisms that affect the performance of your installed
system. The interaction of speakers with each other and
with the room are covered in detail.

Section 3: System Design describes how to bring to-
gether the components into a complete system for your
application. Complete Meyer product reference data is
included to aid speaker selection.

Section 4: Verification details how to ensure that your
installed system is working as designed. Checkout pro-
cedures and field data are included.

Section 5: Alignment describes the alignment process
from start to finish, including extensive field data.

Each section is divided into a series of short subjects to
allow for quick reference. Whenever possible the left and
right pages are grouped together when covering the
same topic, particularly when one page describes figures
on the other.
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The Goals of Sound Reinforcement

Meyer Sound has always been committed to creating the
highest quality loudspeaker system products possible.
Over the years there has evolved a core of principles
among ourselves and our users.  These principles, while
not unique to Meyer Sound, serve as the guiding force
behind this handbook.

These underlying principles are a commitment to:

• Provide the most accurate reproduction of the input
signal's frequency and phase response, free of colora-
tion or distortion.

• Maximize system intelligibility.

• Provide a consistent sound pressure level and fre-
quency response over the listening area.

• Create realistic sonic imaging.

• Minimize the effects of poor room acoustics and make
the best of the good ones.

• Optimize the power bandwidth of the system for the
source signal.

• Maximize dynamic range.

• Minimize the noise floor.

• Make efficient use of limited time and budget re-
sources.

• Maximize short- and long-term reliability of the system.

• Maintain compatibility of the system over time.

• Minimize destructive interference between speaker
subsystems.

• Minimize downtime by efficient troubleshooting and
repair.

• Operate all equipment safely.

And last but not least,

• Make it sound good and have a good time doing it!

The Challenges of Sound Reinforcement

It is one thing to list the goals of sound reinforcement. It
is quite another to accomplish them. There are tremen-
dous challenges presented by even the most simplistic
sound designs once the system is installed in a space.
Even if we assume a perfectly designed and manufac-
tured loudspeaker system, the response of the sound sys-
tem can be degraded by:

• Distortion

• Polarity reversals

• Wiring errors

• Interaction between speakers

• Compression

• Dynamic acoustical conditions

• Reflections

• Redundant coverage

• Delay offset between speakers

• Rattles and buzzes

• Component failure

• Crossover cancellation

• Gain structure errors

• Poor impedance matching and termination

• Improper grounding

• Insufficient power bandwidth

• Compromised speaker positions

• Insufficient time for alignment

• Lack of proper test equipment

This handbook is designed to address all of these chal-
lenges, enabling you to achieve the goals of sound rein-
forcement.

Preface Challenges
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Meyer Sound’s Total Solution™

The people of Meyer Sound are committed to providing
the tools to achieve these goals. Since its inception Meyer
Sound has engendered a comprehensive, systematic ap-
proach to sound reinforcement, in contrast to the compo-
nent level approach of other speaker system manufactur-
ers. Meyer's comprehensive approach began in the late
1970s with the manufacture of speaker systems, each in-
cluding a dedicated Control Electronics Unit (CEU) that
optimized the response of the speaker. More recent ad-
vances have led to the creation of a complete line of self
powered speakers.

Each speaker and CEU manufactured by Meyer Sound is
rigorously designed and tested using state-of-the-art
measurement technology. The response of the system
may be compromised by challenges in the field. The
need for a comprehensive field solution led to the devel-
opment of SIM® System II and the Remote Monitor Sys-
tem (RMS™).

SIM is a comprehensive measurement system dedicated
to detecting and solving the challenges and problems
that face a speaker system in the field, including, as the
final step, verifying and fine tuning the system’s re-
sponse during a performance. SIM System II is run by
Certified SIM Operators and Engineers trained  to com-
pletely analyze and align a system on-site.

RMS is capable of continually monitoring the status of
all self powered system speakers and amplifiers so that
problems can be detected immediately. No other speaker
system manufacturer can offer anything near this level
of capability to verify and optimize the performance of
the system for the end user.

This is Meyer Sound’s Total Solution™
for Sound Reinforcement.

Preface Solutions



Meyer Sound Design Reference

10 © Meyer Sound 1998

Every Meyer Sound professional loudspeaker product is
designed as a fully engineered, integrated system incor-
porating the loudspeaker and  an active line-level signal
processing component.  This active processor is termed
the "Control Electronics Unit" (CEU).  Each loudspeaker
model requires a specific CEU and must not be operated
without it. The function of the CEU is to replace a series
of separate components made by various manufactur-
ers—containing a large number of user-adjustable pa-
rameters—with a unit that is designed for the specific ap-
plication of optimizing the performance of a particular
loudspeaker enclosure.

At the time of Meyer Sound's inception the sound rein-
forcement industry's approach to speaker system design
and alignment was very different from the current style.
Most users assembled systems by mixing and matching
various manufacturer's components into a custom de-
signed enclosure. Virtually every company had their own
self-designed system incorporating off-the-shelf or cus-
tom-built crossovers, equalizers, limiters, drivers, horns,
delay networks and power amplifiers. Many companies
staked their reputation on the fact that they were the sole
source of a particular speaker system.

However, for a sound engineer on tour, encountering a
different "custom" system every night meant that they
would have very little idea of what they would encoun-
ter at each venue.

Meyer Sound changed the direction of the industry by in-
troducing a complete, calibrated system, which created a
standard, repeatable level of sound quality that was
available to all levels of the industry non-exclusively.
When  mixing on a Meyer Sound system, the sound engi-
neer knows what to expect, because the system has the
same enclosures, drivers, crossover, and limit thresholds,
wherever it is rented.

The consistent performance of these systems over time
has given Meyer products a reputation for being a sys-
tem that the mixer can count on night after night any-
where in the world.

1.1 Meyer Speaker Systems

The CEU is designed to be the final component in the sig-
nal chain before the power amplifier. No other signal
processing equipment should be inserted between the
CEU outputs and the amplifier inputs. If this were done,
it is almost certain to disturb the CEU's performance by
limiting its ability to protect, and may result in damage
to the loudspeaker components.

Building Blocks 1.1 Systems

The general functions of Control Electronics
Units (CEUs) in Meyer Sound professional loud-
speaker products are:

• Active crossovers that are optimized for the par-
ticular response characteristics of given drivers
in their enclosure.

• Equalization to adjust for flat frequency re-
sponse in free-field conditions.

• Phase correction through crossover for opti-
mized addition and polar response.

• Driver protection for maximum long-term reli-
ability (Peak and RMS limiting). The driver pro-
tection circuitry only engages at the point where
the system would otherwise be at risk. There-
fore, there is no excess compression.

• In some cases, dynamic excursion protection cir-
cuits act at the onset of overload to maintain rea-
sonably linear response and protect the drivers
from mechanical damage.
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1.1 Meyer Sound Systems

Balanced
Input

Level
Control

Active
Crossover

Push-pull
Output

Amplitude & Phase
Correction

Speakersense™
Inputs

Limiters

Speakersense™
Inputs

Hi
Output

Lo
Output

Fig 1.1a Basic flow block and connection diagram.

Basic Signal Flow

Each Meyer CEU has unique characteristics, but the gen-
eral flow is shown in Figure 1.1a.

Balanced Input: The signal is actively buffered from its
source. All inputs are high impedance (greater than 5kΩ).
Some units incorporate the patented ISO-Input™ which
ohmically isolates the source through a transformer.

Level Control: The level control follows the input buffer
stage. The level control is used to set relative gains for the
systems.

Active Crossover: This stage splits the signal into high
and low frequency ranges. The filter topology and cross-
over frequency vary for each model CEU.

Amplitude and Phase Correction: Each model CEU dif-
fers markedly in this area to optimize the response for
each speaker model.

SpeakerSense Inputs and Limiters: The signal from the
power amplifiers is fed back into the CEU via the
SpeakerSense inputs. If the level is too high, the limiters
are engaged to reduce the signal flow into the power am-
plifier.

Push-pull Output Stage: The output drive for all CEUs is
a balanced push-pull drive capable of driving loads of
600Ω or higher.

UltraSeries™  M-1A

Power

Sense Limit

Safe

Adj

Lo Cut

Cal

VHF

Var

Safe
∞

20

10
8 4

3
2
1

0
Attn dB

56
+ -

Lo

Hi

VHF

Fig 1.1b The Meyer Sound M-1A Control Electronics Unit.

Building Blocks 1.1 Systems
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The acoustical crossover point in multi-driver systems is
defined as the frequency at which the drivers have equal
amplitude response levels.  In well-designed systems,
this point will also coincide with its phase response.

with extremely steep filters are prone to large amounts
of phase shift, creating delay in the crossover region. In
addition, dividing the system steeply may decrease the
power capabilities of the system by depriving it of a re-
gion where the transducers can efficiently combine.

It is important to note that the acoustical crossover is not
necessarily the same as the electronic crossover in a system.
In fact, setting the crossover frequency of an off-the-shelf
electronic crossover can be very misleading.

Fig 1.2a Electrical response of S-1 CEU.

Figure 1.2a shows the elec-
trical response of the S-1
CEU, designed to function
as the controller for the
MSL-2A speaker system.
Observe that the electrical
crossover frequency is 1300
Hz. The phase response of
the Hi output indicates
that there is a frequency
selective delay network en-
acting phase correction in
the crossover frequency
range. This is indicated by
the downward slope of the
phase response.

1.2.1 Electronic and Acoustical Crossovers

Building Blocks 1.2 CEUs

The acoustical crossover points for Meyer Sound
speakers are carefully selected to:

• optimize the power response of the system to
maximize component reliability and linearity.

• optimize the phase transition between compo-
nents.

• maintain uniformity of pattern control through
crossover.

There are a number of audio texts describing the advan-
tages of various crossover topologies. These describe the
filter shapes such as Linquist-Reilly or Chebyshev and
their relative slopes (6, 12, 18 and more dB/octave). A
relatively recent trend is the promotion of digitally de-
rived crossovers. This has been touted as a great ad-
vance due to their ability to create extremely steep
slopes. However, a discussion of electronic crossovers in
the abstract is misleading, because without factoring in
the physical aspects of the acoustical components, there
is no assurance whatsoever that the combined acoustical
response will be satisfactory. For example, crossovers

A generic electronic crossover does not factor in:

• Relative driver sensitivity at crossover.

• The relative voltage gain from the crossover in-
put to the amplifier output terminals.

• Efficiency of the horn.

• The phase relationship between the  drivers.

• The relative quantities of the drivers.

Meyer Sound products specify the electronic and acous-
tic crossover points. The electronic specification can be
used to verify the response of the CEU. The acoustical
crossover specification is important for polarity verifica-
tion of the system and for the relative level setting of
mid-bass speakers and subwoofers.

Electronic crossover = 1300 Hz
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Fig 1.2b shows the acousti-
cal response of the MSL-
2A speaker system when
driven with the S-1 Con-
trol Electronics Unit. This
plot shows the acoustical
responses of the Hi and Lo
channels measured indi-
vidually. The upper screen
shows the amplitude re-
sponse and indicates an
acoustical crossover of 900
Hz. The lower screen
shows the phase response.
Notice that the measured
acoustical phase response
differs markedly from the
purely electrical response
shown in Fig 1.2a. Most
importantly, notice that
the phase responses of the
Hi and Lo channels con-
verge in the crossover re-
gion, which will enable
the transducers to combine
with maximum efficiency.
Above and below the
crossover range the Lo
driver leads the Hi driver
as can be seen by their
relative phase slopes.

Fig 1.2c shows the com-
bined acoustical response
of the MSL-2A speaker
system when both Hi and
Lo channels are driven.
Notice the transparency of
the crossover point in both
the amplitude and phase
traces.  In addition, notice
the integrity of the signal-
to-noise ratio trace through
the region. These three fac-
tors together indicate that
the response of system is
optimized.

Fig 1.2b Acoustical response of the MSL-2A speaker system (with the S-1 CEU).

Hi and Lo channels are measured separately.

Fig 1.2c Combined acoustical response of the MSL-2A.1

1.2.1 Electronic and Acoustical Crossovers

Building Blocks 1.2 CEUs

Acoustical crossover = 900 Hz

Phase alignment in crossover region

1  Not free field
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1.2.2 Amplitude Correction

In an ideal world, we would have transducers that ex-
hibit perfectly flat, free-field amplitude response over
their entire usable band with no need for electronic cor-
rection. Each Meyer Sound speaker system begins with
transducers that are exceptionally linear. However, prac-
tical considerations such as the enclosure tuning, horn
shape and crossover point, to name a few, will have a
substantial effect on each transducer's response. Each of
these will cause peaks and dips in the system's response
if not carefully measured and corrected. Meyer Sound's

design approach is to optimize the amplitude response
as a system, utilizing the best combination of physical
and electronic means.

In order for this approach to succeed the speakers and
electronics must provide repeatable results. At Meyer
Sound, the free air resonance of each and every trans-
ducer is measured along with its frequency response
when installed in the enclosure. The enclosure and horn
dimensions are built to exacting standards to ensure re-
peatable tuning.

Fig 1.2d M-1A Controller Hi and Lo channels amplitude response.

Fig 1.2e UPA-1C on-axis amplitude response.

Fig 1.2d shows the am-
plitude response of the
M-1A Control Electron-
ics Unit used with the
UPA-1C loudspeaker.
The Hi and Lo channels
are shown separately.
Notice that the response
of the M-1A contains
substantial correction,
particularly in the cross-
over region and above 8
kHz.

1.2.3 Phase Correction

Phase correction is employed to ensure that the tempo-
ral relationship between frequencies remains intact,
and to optimize the response of the system through
crossover. Practical design considerations may cause
the components in multi-way systems to be physically
placed such that their phase alignment could poten-
tially be degraded unless electronic phase correction
circuitry is employed.

Phase response tends to be less well understood than

its amplitude counterpart. While most audio engineers
understand the importance phase response plays,
many have never had the opportunity to measure
phase response directly. This is due in large measure,
to the fact that the most common audio measurement
instrument—the real-time analyzer—cannot measure
phase.  SIM System II, however, has a phase display,
allowing the phase response to be seen at 1/24th oc-
tave frequency resolution for the audible range.

Fig 1.2e shows the mea-
sured acoustical response
of a UPA-1C loudspeaker
driven by the M-1A. No-
tice that the final acousti-
cal response is quite lin-
ear, indicating a success-
ful optimization.

Building Blocks 1.2 CEUs



© Meyer Sound 1998 15

Meyer Sound Design Reference

A fully phase-corrected loudspeaker system is one that
is capable of reproducing its full  range without any
frequency-dependent phase shift (i.e. all frequencies
will be reproduced with the same temporal origin). In
actual physical loudspeaker systems, this is an ex-
tremely challenging endeavor. Real speaker systems
exhibit a phase delay characteristic that is inversely
proportional to frequency, which is to say that the low

frequencies tend to lag behind the highs. This means that
in order to synchronize high and low frequencies, high fre-
quencies need to be delayed. Unfortunately, however, it is
not as simple as adding some fixed amount of delay to the
high end, because each frequency requires a different
amount of delay. Frequency-selective delay networks are
required to delay selected areas in order to achieve a net
flat phase for the full system.

1.2.3 Phase Correction

Fig 1.2g Competitor's system.

Fig 1.2f   Meyer Sound UPL-1 powered loudspeaker system.

1.2 CEUs

Figure 1.2f shows the ampli-
tude (upper screen) and
phase (lower screen) of the
Meyer UPL-1 powered loud-
speaker. This is an example
of what is arguably the best
phase-corrected, full-range
sound reinforcement speaker
in the world. The slope angle
of the phase trace reveals that
the system is fully corrected
down to 250 Hz, with a
gradual increase in phase de-
lay below that. Notice, also,
that the crossover region is
completely transparent in
both amplitude and phase,
indicating a truly optimized
crossover.

The competitor’s system
shown in Figure 1.2g shows
the response of a very typical
system without true phase
correction. This four-way
system is neither aligned at
its crossover points nor over
the full range. The Hi
driver's phase response is flat
for less than an octave and
the mid and low drivers lag
far behind.  In contrast, with
the UPL-1 it is a relatively
simple matter to discern
where the crossover points
are in this system by viewing
the sharp changes in phase
angle and the corresponding
dips in amplitude.

Building Blocks
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1.2.4 CEU Connections

10k�

10k�

10k�

Speaker

AmpController

(CEU)

Speaker

Amp

Speaker

Amp

10k�

Speaker

Amp

Figure 1.2h shows the typical signal flow from mixer to
speaker through the CEU. All of the line level connec-
tions are balanced line XLR connections.

Fig 1.2k

A distribution amplifier is not needed to drive the CEU.

Fig 1.2h

Normal flow of signal from console to speaker. Delay
line can be pre- or post-EQ.

How Many CEUs are Needed?

It is necessary to have a separate CEU for each signal
channel (e.g., a stereo system needs a minimum of two
CEUs). As systems grow in size, there are practical con-
siderations to bear in mind when choosing the number
of CEUs. The minimum load impedance presented by
the power amplifiers must be greater than 600Ω. For a
nominal 10kΩ input impedance amplifier channel, the
limit would be sixteen units per CEU. Such a large num-
ber of amplifiers driven by a single CEU, however,
leaves the system with minimal flexibility and renders it
vulnerable to single point system failure. In order to op-
timize the system response, it is usually best to limit the
load of the CEU to around six full-range systems and/or
ten subwoofer systems. The primary factor in selecting
CEU quantities is system subdivision for alignment, cov-
ered  in Section 3.5.

Fig 1.2i

The maximum number of amplifiers per CEU channel
is limited by the load impedance of the amplifiers. The
total load must be more than 600Ω .

A minimum of one CEU channel is required for
each signal channel:

•Mono System one CEU channel.

•Stereo System two CEU channels.

•Quad System four CEU channels.

Fig 1.2j

A compressor or limiter is not needed to protect the
speaker. Excess compression can actually endanger the
system. See Section 1.3.6, Limiter Operation.

Speaker

Speakersense™

Connection

AmpEqualizerMixing

Console

Controller

(CEU)

Compressor

Limiter

CP-10
Speaker

SpeakerSense™

connection

AmpMixing

Console
Equalizer Controller

(CEU)

Distribution

Amplifier

Preventing Cost Overruns

Costs and system complexity can be kept down by pre-
venting the addition of unneeded system components.
There is no need for system outboard limiters in series
with the main feeds. The limiting is handled by the
SpeakerSense limiters. The additional compression of
outboard limiters will reduce dynamic range and may ac-
tually endanger the system by causing excessively high
RMS levels with reduced peaks.

There is no need to add line drivers between the CP-10
Parametric Equalizer and the CEU except for extremely
long distances (over 100 meters).

Building Blocks 1.2 CEUs

Speaker

Speakersense™

Connection

Amp
Mixing

Console

Delay

Line
Equalizer

Controller

(CEU)
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The primary purpose of the CEU level control is to trim
the relative gain of subsystems and the relative levels of
full range systems versus subwoofer systems. The level
controls are always for the entire signal range of the
speaker under the CEU's control. For example, the M-1
has no separate control for the LF and HF drivers of the
UPA loudspeaker. However, the levels of full range
speaker and subwoofer systems are set separately be-
cause the ratio of quantities of these systems is case de-
pendent.

Controlling Noise

Keeping the noise floor under control is a major compo-
nent of any installation. It is important to understand
what role the processor and amplifier level controls play
in this. The CEU level control follows a single low noise
input buffer stage. The vast majority of the noise (and
there isn't much) created in the CEU is in the crossover,
amplitude and phase correction circuitry. Therefore, ef-
forts to reduce system noise solely by turning down the
CEU level control is ineffective. If turning down the CEU
does significantly reduce the system noise, then chances
are the noise is being generated by the devices that feed
into the CEU. This can be verified by a simple test: Un-
plug the CEU input. If the noise goes away, it is from the
devices that feed the CEU. If it does not, then it is from
the CEU and/or power amplifier. In either case, this may
be indicative of excessive gain at the power amplifier.
Gains of 32 dB and more are now typical,  making it
harder to control noise.

Does it Matter Whether You Turn Down the
CEU or the Amp?

Yes. Either one will reduce the noise, but the closer one
gets to the end of the signal chain, the more effective it is
to keep gains low. This is due to the accumulation of
noise through the system. Second, and more importantly,
the SpeakerSense circuitry is more effective when the
amp gain is lower, affording better speaker protection.
(See Section 1.3.2 on SpeakerSense and voltage gain.)

1.2.5 CEU Level Control

Building Blocks 1.2 CEUs

CEU Level Range

Typically the CEU should be operated with the level set
between 0 to12 dB attenuation.  Operating the system
with more than 12 dB of attenuation creates the possibil-
ity of overloading the preceding devices. If settings lower
than –12 dB are required for gain structure matching or
noise considerations, reduction of the amplifier gain is
recommended.

Log and Linear

Current CEU models use linear taper pots for level set-
ting. This restricts the range of operation but improves
the accuracy of the controls. These are marked in dB at-
tenuation. Older models of CEUs had a log taper level
control which was marked by a 1 to 10 numerical scale
having no bearing on the number of dB attenuation.

Fig 1.2l Linear level control scale.

e
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0
Attn dB
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The change from log to linear level controls was
implemented because:

• The attenuation of the log taper pots did not track
sufficiently well from unit to unit. This created dif-
ficulties in adjusting the relative levels of sub-
systems and subwoofers in multi-way systems.

• The number scale of the log pots gave no real indi-
cation of the attenuation level. As a result, users
sometimes tended to arbitrarily set levels on the
CEU too low. (The 12:00 setting is approximately
 –20 dB.) This created a loss of system headroom
as described above.

All older CEU models can be upgraded. Linear pot
upgrade kits are user-installable and available from
your Meyer Sound dealer.
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1.2.6 CEU User Controls

Building Blocks 1.2 CEUs

A special note about the MSL-2A:

• The MSL-2A differs from other Meyer Sound
biamplified products in that its low frequency range
extends down to 40 Hz. Therefore, almost the entire
range of an accompanying subwoofer system is also
covered by the MSL-2A. In most cases the MSL-2A
can be made to add very constructively to the
subwoofer system, contributing additional acousti-
cal power in the LF range. This may cause a peak in
the low frequency response, which can be easily
equalized. However, it adds significant LF acoustic
power, which is always welcome. Therefore, in most
applications, do not engage the low cut control when
adding MSL-2As with subwoofers.

Note: The LF phase response of the MSL-2A is quite
different from other biamplified products. Be care-
ful to check that there is acoustical addition be-
tween the MSL-2A and subwoofers on a case-by-
case basis. (See Section 4.9 on subwoofer polarity
verification.)

Fig 1.2m Lo Cut circuit response in the S-1 controller.

Lo Cut Out

Lo Cut In

Each model of CEU has unique user adjustable features.
The operating instructions for each unit detail each of
these. However, a brief overview of two the most com-
mon features follows.

Lo Cut Switch

(M-1, M-3, P-1A, P-2 , MPS-3 and S-1 CEUs)
The “Lo Cut” switch is a user-insertable,  first-order (6 dB
per octave) shelf function with a corner frequency of 160
Hz.  For three way systems using subwoofers, the switch
acts as part of the crossover circuit to create an acoustical
crossover of 100 Hz.  This works well in arrays where the
full-range enclosures are stacked directly on top of the
subwoofers. In such cases, the full-range system becomes
a mid-high system with power concentrated into a
smaller bandwidth, reducing driver excursion and distor-
tion.  However, in cases where the full-range enclosures
are separated from the subwoofers by a significant dis-
tance (more than six feet or two meters), there are distinct
benefits to disabling the Lo Cut switch. If the Lo Cut
switch is left in, the system will have distinct sonic ori-
gins for the low frequency and midrange, so that the
sonic image becomes vertically disjointed. This creates an
unnatural effect since musical instruments and other
acoustic sources do not tend to propagate over frequency
in this manner. Disabling the Lo Cut switch improves the
sonic imaging of the system by spreading out the cross-
over vertically so that a gradual transition occurs be-
tween the systems.

UltraSeries™  M-1A

Power

Sense Limit

Safe

Adj

Lo Cut

Cal

VHF

Var
+ -

Lo

Hi

VHF

The Lo Cut circuit is in when the switch is up.
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The strange truth about the VHF level control:

There are three different versions of the level con-
trol. The differences are as follows:

• M-1s: The M-1 has a ten-turn potentiometer.
The orientation of the pot is reversed from what
you would expect: clockwise is cut and counterclock-
wise is boost. The range is from –2 dB to +5 dB.

• M-1As: The M-1A has a single-turn potentiom-
eter. The orientation of the pot is again     reversed
from what you would expect: clockwise is cut and
counterclockwise is boost. The range is from –2 dB
to +5 dB.

• S-1s: The S-1 has a single-turn potentiometer.  The
orientation of the pot is as you would expect:
clockwise is boost and counterclockwise is cut. The
range is from –3 dB to +3 dB.

VHF inserted and fully clockwise

1.2.6 CEU User Controls

Building Blocks 1.2 CEUs

VHF/Cal Switch

M-1, M-3,  and S-1 CEUs
The above controllers contain a filter circuit tuned in the
extreme HF range. This circuit is intended to provide a
simple pre-equalization to the response of the system
based on the proximity of the listener. The response is
tailored in the VHF range to compensate for distance and
humidity related HF loss. Similar functions can be
achieved from the system equalizer but this switch may
save filters that could be used in other areas.

Fig 1.2n The VHF circuit response in the S-1 controller.

Using the VHF Switch

• If the coverage area is primarily in the near-field:
The VHF circuit can be inserted and the VHF
range attenuated.

• If the coverage area is primarily in the mid-field:
The VHF circuit should not be inserted.

• If the coverage area is primarily in the far-field:
The VHF circuit can be inserted and the VHF
range boosted.

VHF in Cal position

UltraSeries™  M-1A

Power

Sense Limit

Safe

Adj

Lo Cut

Cal

VHF

Var
+ -

Lo

Hi

VHF

Adjustment trimpotVHF switch
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All Meyer Sound Control Electronics Units employ
SpeakerSense circuitry to protect the loudspeaker drivers
from damage due to overheating and excessive excur-
sion. Pioneered by Meyer Sound and incorporated into
Meyer products since the company’s founding, Speaker-
Sense is now widely imitated in the professional audio
field.

The principle of SpeakerSense is relatively simple.
Through a connection back to the CEU from the ampli-
fier outputs (the "Sense" connection), the SpeakerSense
circuit continuously monitors the power applied to the
loudspeaker drivers. When the safe operating limits of
the drivers are exceeded, signal limiters in the CEU act to
clamp the signal level, protecting the drivers from dam-
age.

Limit Thresholds

SpeakerSense limiters are only engaged when the reli-
ability of the system would otherwise be compromised.
Every Meyer Sound speaker system is rigorously tested
for both short- and long-term power handling. The limit-
ing thresholds set for our products are set accordingly to
allow the maximum levels with minimal sonic intrusion.
These limits are not simply a matter of voice coil dissipa-
tion but must include the excursion limitations of the
drivers and their mechanical limits. The complex acousti-
cal impedance presented by an enclosure or horn will
have a dramatic effect on excursion. Therefore, all limit
thresholds are based upon the loudspeaker loaded in its
enclosure. This is one of the factors behind Meyer
Sound's approach to individual CEUs calibrated for each
speaker model rather than "one size fits all" controllers
with user adjustable limit thresholds. Such topologies
can not factor in the precise short- and long-term power
handling of different models.

1.3.1 Introduction

Amplifier Loading

The SpeakerSense connection into the CEU presents a
very high impedance (10 kΩ) to the power amplifier. The
connections are opto-isolated so that there is no risk
whatsoever that the sense connection will load down or
otherwise compromise the reliability of the amplifier.

Speaker

Speakersense™
Connection

AmpDelay
Line

Controller
(CEU)

Speaker

Speakersense™
Connection

AmpLimiterController
(CEU)

General SpeakerSense Rules

1. Do not insert any additional equipment
between the CEU and amplifier.

2. Keep amplifier voltage gain between 10
and 30 dB.

3. If multiple amplifiers are driven from one
CEU, sense the one with the highest volt-
age gain.

Fig 1.3a  Additional limiters are not required for system
protection and may actually compromise reliability as

well as dynamic range.

SpeakerSense and CEU Level Controls

The CEU level control has no effect on the limit threshold.
The limit threshold is based on the actual power present at
the speaker terminals. However, amplifier level controls
(and amplifier voltage gain in general) will affect the
system's protection capability. This is described in the next
section, Amplifier Voltage Gain and SpeakerSense.

Building Blocks 1.3 SpeakerSense

Several types of limiters are found in Meyer CEUs:

• True RMS-computing limiters that act on the aver-
age signal level while allowing peaks to pass rela-
tively unaltered.

• Excursion limiters that react quickly to protect the
speakers from damage due to over-excursion.

• Peak limiters to control the peak signal level.

Fig 1.3b  Delay lines should not be inserted here since it
will disrupt the attack and release times of the limiters

causing  audible clipping and pumping.
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Conclusion:
SpeakerSense circuitry is ca-
pable of accurately monitor-
ing both short- and long-
term power and amplifier
clipping at voltage gains up
to 30 dB without any need
for user calibration. Speaker-
Sense allows you to take the
speaker system to its full
rated sound pressure level
since it limits based only on
the actual power limits at
each speaker.

Example
Let's take a system with a limiter that protects a speaker
that can dissipate 100 watts long term, and much more
in the short term. Table 1.3d shows the power dissipa-
tion and compression for a system at various drive levels
assuming a power amplifier with 23 dB voltage gain.
Notice that as the limiting threshold is passed, the burst
power is allowed to rise to 400 watts before the limiters
engage.

Table 1.3e shows the same system with the amplifier
gain increased to 32 dB. Notice that the CEU is capable
of keeping the long-term power level delivered to the
speaker at 100 watts. However, more compression is re-
quired in the limit circuit to achieve this. If the voltage
gain is increased further, the compression required to
protect the speaker will rise further, eventually overrun-
ning the limiters and endangering the speaker.

Input dB CEU Amplifier 8ΩΩΩΩ Speaker
Limit Threshold = 100 watts Drive Compression Output Output Power level
Amplifier Voltage Gain = 32 dB (40x) Voltage
Below limiting threshold .7V 0 dB .7V 28V 100 watts
Over threshold (Before onset of limiting) 4V 0 dB 4V 160V 3200 watts
Over threshold (After onset of limiting) 4V 15 dB .7V 28V 100 watts
Drive level increased further 8V 21 dB .7V 28V 100 watts

Input dB CEU Amplifier 8ΩΩΩΩ Speaker
Limit Threshold = 100 watts Drive Compression Output Output Power level
Amplifier Voltage Gain = 23 dB (14x) Voltage
Below limiting threshold 2V 0 dB 2V 28V 100 watts
Over threshold (Before onset of limiting) 4V 0 dB 4V 56V 400 watts
Over threshold (After onset of limiting) 4V 6 dB 2V 28V 100 watts
Drive level increased further 8V 12 dB 2V 28V 100 watts

Table 1.3d SpeakerSense limiting with amplifer gain at 23 dB.

Table 1.3e SpeakerSense limiting with amplifer gain at 32 dB.
Note that up to 21 dB of compression is now needed to fully protect the speaker.

1.3.2 Amplifier Voltage Gain and SpeakerSense

Sense Input

Meyer Control Electronics Unit Power Amplifier

Balanced

Input

Level

Control

Speakersense™

connection

Output

Stage

Limiter Balanced

Input

Level

Control

Output

Stage

Speaker

Speaker

Power amplifiers must have a voltage gain of between 10
and 30 dB for proper operation of the protection cir-
cuitry. "Brickwall" limiters, despite their ability to limit
voltage, are not used in Meyer CEUs because of their
poor sonic characteristic. The RMS limiters used in
Meyer Sound CEUs have a "soft" character allowing
short-term peaks to go through without limiting, engag-
ing only when required for long-term protection. This
creates a graceful overload characteristic.

There is, however, a finite amount of compression avail-
able in the limiter circuit. Under normal circumstances
this works perfectly well. However, if the amplifier volt-
age gain is excessive, the limiters can bottom out, endan-
gering the speakers.

Figure 1.3c shows the basic flow of a system with
SpeakerSense. Note that the power amplifier is within
the feedback loop so that amplifier gain is seen by the
controller. In addition, amplifier clipping, which doubles
its output power, is seen by the CEU.

Building Blocks 1.3 SpeakerSense

Severe clipping!

Fig 1.3c SpeakerSense signal flow block.
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Input dB CEU Amplifier 8ΩΩΩΩ Speaker
Limit Threshold = 2 Volt Drive Compression Output Output Power level
Amplifier Voltage Gain = 23 dB (14x) Voltage
Below limiting threshold 2V 0 dB 2V 28V 100 Watts
Over threshold (Before onset of limiting) 4V 0 dB 4V 56V 400 watts
Over threshold (After onset of limiting) 4V 6 dB 2V 28V 100 watts
Drive level increased further 8V 12 dB 2V 28V 100 watts

Input dB CEU Amplifier 8ΩΩΩΩ Speaker
Limit Threshold = 2 Volt Drive Compression Output Output Power level
Amplifier Voltage Gain = 32 dB (40x) Voltage
Below limiting threshold 2V 0 dB 2V 80 V 800 watts
Over threshold (Before onset of limiting) 4V 0 dB 4V 160V 3200 watts
Over threshold (After onset of limiting) 4V 6 dB 2V 80 V 800 watts
Drive level increased further 8V 12 dB 2V 80 V 800 watts

1.3.3 The Case Against Predictive Limiters

In order to cut costs, some manufacturers use predictive
limiting instead of monitoring the signal at the speaker.
This is similar to the old-style  outboard limiters ap-
proach. This approach is not embraced at Meyer Sound
due to its limitations in terms of dynamic range and pro-
tection. "Predictive" limiting is a form of limiting that as-
sumes a given power level at the speaker for a given volt-
age at the controller output. This assumption relies on
the amplifier voltage gain, which is an open variable.
Any change in the amplifier level control moves the lim-
iting threshold! If your amp gain is unknown, your lim-
iter is de facto uncalibrated.

Figure 1.3f shows the basic flow of a system with predic-
tive limiting. Note that the feedback is contained entirely
within the controller and is not influenced by amplifier
outputs.

Example
Let's take a system—with the limiter set to 2 volts at the

controller output—that is charged with protecting a 100
watt speaker that would be destroyed by significantly
higher, long-term power. Table 1.3g shows the power
dissipation and compression for a system with a power
amplifier of 23 dB gain. The results in this case would be
similar to the SpeakerSense example shown previously.

Table 1.3h shows the same system with the amplifier
gain increased to 32 dB. Notice that the compression oc-
curs as before, but the actual power delivered to the
speaker has increased to 800 watts. This, of course,
would destroy the speaker. The inverse of this would oc-
cur if the amplifier gain was reduced, (such as when an
amplifier level control is turned down) causing the limit-
ers to engage prematurely.

In addition to the considerations outlined above, predic-
tive limiting does not factor in the additional power gen-
erated by amplifier clipping since it does not monitor the
amplifier outputs.

Fig 1.3f Predictive Limit signal flow block.

Conclusion: In order to
be effective, predictive
limiters must be reset
with every change in
voltage gain, must know
when an amplifier is clip-
ping and must know ex-
actly how much instanta-
neous and long-term
power the speaker is ca-
pable of dissipating. Any
change in these parameters
will require recalibration of
the limiters if the system's
dynamic range and pro-
tection capability are to
be preserved.

Building Blocks

Limiter feedback

Balanced
Input

Level
Control

Output
Stage

Limiter

Controller Power Amplifier

Balanced
Input

Level
Control

Output
Stage

Speaker

Speaker

1.3 SpeakerSense

Blown speaker

Table 1.3g Predictive Limiting with amplifier gain at 23 dB.

Table 1.3h Predictive Limiting with amplifier gain at 32 dB.
Note that the speaker is being driven to 800 watts.
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Fig. 1.3i Basic connections.

1   Balanced input signal line into CEU.

2   Balanced CEU outputs to drive the power amplifier.

3  SpeakerSense connection from amplifier to speaker.

4  Loudspeaker cable connection.

The SpeakerSense connection is shown in Fig 1.3i.

1.3.4 Standard Sense Connections

• When multiple amplifier channels are driven
from the same CEU, the Sense connection must
come from the amplifier with the highest voltage
gain. If the gains are all the same, then any chan-
nel could be used.

• Do not connect the sense lines together. This
would create a short circuit between the ampli-
fier output terminals.

• If the amplifier that is being "sensed" stops pass-
ing signal, then the system will no longer be pro-
tected. Therefore, it is vital to verify that the am-
plifier is working properly.

For CEU models with single sense inputs per
channel the following rules apply:

CEU models with single Sense inputs/channel:

B-1 B-2 B-2A B-2Aex B-2EX

P-1 P-1A P-2 MPS-3

M-1 M-1A M-3 M-3T M-3A

Driving Multiple Amplifiers

It is typical practice to drive several power amplifiers
from a single CEU. When doing so, the sense line should
be connected to the amp with the highest gain.

20 dB

20 dB

23 dB

SpeakerSense™

connection

Speaker

AmpController

(CEU)

Speaker

Amp

Speaker

Amp

Speaker

SpeakerSense™

connection

Amp
Controller

(CEU)

Speaker

Amp

Speaker

Amp

This system block has three amplifiers with different
voltage gains. The sense connection is made to the ampli-
fier with the highest gain.

Fig 1.3j Sensing one of several amplifiers. Sense line
connected to the correct amplifier.

Fig 1.3k Sensing one of several amplifiers. Sense line
connected to amplifier with lower gain.

1.3 SpeakerSenseBuilding Blocks

Here the sense connection is made to the wrong ampli-
fier (lower gain) and therefore will not fully protect the
speaker. The limiters would engage to protect the
speaker on that amplifier. However, speakers powered
by the other amplifiers would limit at 3 dB higher
power, effectively doubling the power allowed into the
speakers.
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For CEU models with multiple sense inputs
per channel the following rule applies:

• Polarity of the sense connection must be
the same for all channels.

Fig. 1.3l MultiSense connection.

This CEU can accommodate two Hi and two Lo amplifier
channels. The second amplifier plugs into the additional
Hi and Lo sense connections.

Fig. 1.3n Improper MultiSensing. Sense lines
shorted together.
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Lo Channel Amplifier

Loudspeaker Cable

Input

1.3.5 MultiSense™ Connections

Newer model CEUs have incorporated an advanced
sense circuit that is capable of sensing multiple amplifi-
ers. This circuit automatically senses the amplifier with
the highest voltage gain. This further enhances the reli-
ability of the system in that a single amplifier failure will
not compromise protection. In addition, the user does not
have to monitor which amplifier has the highest voltage
gain. An example of a MultiSense connection is shown in
Fig. 1.3l.

The sense connections are made incorrectly. The ampli-
fier outputs have been shorted together. This will endan-
ger the output devices of the amplifiers.

CEU models with MultiSense:

S-1 M-10A   M-5 D-2

Fig. 1.3m MultiSensing one of several amplifiers.
Sense lines connected to multiple CEU sense inputs.

Here the sense connections are made correctly. Each am-
plifier is returned separately to the CEU sense inputs.
The CEU will look to see which of the amplifiers has the
highest gain and will limit as required. Sense lines must
all have the same polarity.

1.3 SpeakerSenseBuilding Blocks

Speaker

SpeakerSense™

connection

Amp
Controller

(CEU)

Speaker

Amp

Speaker

Amp
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The "Safe" Switch (for all CEUs Except B-2EX)

Most of the Meyer Sound CEUs have a limiting thresh-
old adjustment termed "Safe," which reduces the remote
monitor system (RMS) limiting threshold by 6 dB. This
reduces the system’s maximum continuous level to one-
fourth of full power. It is typically used in order to ob-
tain the maximum system reliability in high power ap-
plications. However, it does not absolutely guarantee
that the system cannot be overdriven, nor is the switch
required for the system to operate safely. In other words,
switching the "safe" circuit out does not set it to "unsafe,"
but rather to its standard setting, which is already very
safe. It is not unusual to hear from users who have rarely
used the full power setting for fear of blowing drivers or
voiding the warranty. This should not be a concern. In
retrospect, the switch labeling is somewhat of a misno-
mer. It would have been better named "–6 dB Limit" and
"Full Power."1 Meyer Sound speaker systems are de-
signed to maintain continuous extreme power levels at
their full power setting without failure. Therefore, one
should consider the full power position the default set-
ting rather than vice versa.  It is critical to the satisfaction
of mix engineers to obtain the maximum dynamic power
from the system, and therefore users should not reduce
the dynamic range of Meyer systems without just cause.

RMS Limiter Time Constants
The limiting circuits affected by the Safe switch are the
RMS limiters. All peak and excursion limiters are inde-
pendent of the switch.  These RMS limiters are relatively
soft, creating a graceful overload characteristic, unlike
the brickwall-type limiters that give a hard sound. They
are designed to act slowly, so that the short-term high
power peaks are preserved since they pose no danger to
the drivers. The attack and release times of the limiters
are different for the two threshold settings, because there
is less integration time required to actuate the limiters
when in the "safe" position. The decay time will also be
lengthened since the signal must decay further before it
goes under the release threshold. This means that the
system is likely to spend a much greater amount of time
in limit, and that this limiting is likely to be much more
audible.

1.3.6 Limiter Operation

1.3 SpeakerSenseBuilding Blocks

Amplifier clipping versus limiting
With the exception of the MSL-5 and MSL-10A systems,
the limiting action of the CEUs will not prevent ampli-
fier clipping. This is done to preserve maximum dy-
namic range of the system as described above. Whereas
the action of the limiters is more audible in "safe," ampli-
fier clipping will be more audible with the "safe" switch
out.* The lower threshold of the "safe" setting will tend
to pull amplifiers out of clipping much faster than the
full power setting. If the clipping is of short duration,
such as with a snare drum signal, then it will probably
be less objectionable than engaging the limiters. There-
fore, the full power setting may be the best choice. Con-
versely, if continuous signals such as vocals are run into
hard clipping, it will be fairly noticeable, and therefore
the "safe" position may be a better choice. The decision
of whether or not to use the "safe" setting can be based
as much on the sonic quality of the system for the given
program material as it is for system reliability on a case
by case basis.

* This is more true of systems using Type 1 amplifiers
(UPA, UM-1, etc.) than those with Type 2 amplifiers
such as the DS-2 and MSL-2A.

When Should "Safe" be Used?
The system is not in any significant danger unless the
limiters are engaged for long periods of time. In this case
the "safe" position is warranted. However, if the system
is already in "safe" and you are seeing continual limiting
action, try switching it out and observe. If the limiters
are intermittently or no longer engaged, then the full
power setting will return dynamic response to the sys-
tem that had been compressed, which may be more sat-
isfactory to the mix engineer.  Conversely, if the limiters
are still fully engaged, then a return to the "safe" setting
is indeed warranted.

It is a fairly typical practice to open a show in "safe" as
the engineer gets settled into the mix. The additional
compression provides a cushion in case a channel jumps
up in the mix.  Later, the system can be opened up to
maximize the dynamic range.

1  "Full Power" is reached when the system is driven hard in safe.
This allows for a compressed sound to be generated by the processor.
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The "Autosafe" Circuit of the M-5  and M-10A

The "safe" setting for these systems functions identically
to those above. However, the alternate position, termed
"autosafe" is different. These systems employ a circuit to
monitor the long-term power dissipation of the system
over several minutes. When switched to the autosafe
position the system will run with the normal full power
limiter settings. If the system is run into continuous
overload over a long period of time, it will automatically
switch itself into the safe position, reducing the limiting
threshold  by 6 dB. The Safe LED will light to indicate
the change.  After the system has sufficiently reduced its
long-term dissipation, the threshold will reset to full
power. Therefore, since the autosafe circuit effectively
monitors whether the system is being overdriven in the
long term, there is very little need to engage the stan-
dard safe setting.

Sense and Limit LED Indicators

The CEU front panel has separate "Sense" and "Limit"
LEDs to indicate the SpeakerSense status.

Sense LED

If the Sense LED is green, this indicates signal presence
at the Sense Inputs. On CEUs equipped with amplifier
voltage gain checking, the Sense LED is bi-color. It will
turn red if the amplifier voltage gain falls out of the re-
quired range. Typical causes of this are excess voltage
gain, the amplifier turned off, or improper connection of
the sense line. The gain sensing works by comparing the
CEU output signal with the sense return from the ampli-
fier. Therefore, it will only indicate red when a signal is
present.

1.3.6 Limiter Operation

1.3 SpeakerSenseBuilding Blocks

Sense LED shines green indicating proper operation.

Sense LED shines red when there is a fault condition.

The following CEU models have gain sensing:

CEU Allowable range

S-1 10–30 dB

D-2 10–30 dB

M-1E 10–30 dB

B-2ex 10–30 dB

M-5 15–17 dB

M-10A 15–17 dB

The gain sensing does not mute the speaker except on
the M-3T (see Section 6 for details). It merely indicates
the need to optimize the amplifier gain. In the case of the
M-5 and M-10A the range is very tight (± 1 dB). Users
should not be alarmed if the Sense LED occasionally
turns red under dynamic operating conditions. This can
be due to compression or distortion in the amplifier.

Limit LED

The Limit LED will only light when the limiters have en-
gaged. Most of the limit LEDs indicate the action of a
single limiter, such as the RMS or VHF. The Limit LEDs
in the M-5 and M-10A CEUs show the action of multiple
limiters, peak RMS and excursion together. Therefore, it
is normal that these Limit LEDs will be lit more than you
would expect to see with the single function Limit LEDs.

UltraSeries™  M-1A

Power

Sense Limit

Safe

Adj

Lo Cut

Cal

VHF

Var
+ -

Lo

Hi

VHF

Limit LEDs indicate onset of limiting Safe switch
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Excursion Limiters

Several CEUs incorporate peak excursion limiters. These
are fast-acting, frequency-selective limiters that prevent
the driver from over excursion. These have a fast attack
and a slow release, and are admittedly the most audible
of the limiters in Meyer CEUs. They are, however,
highly effective in their protection.

1.3.6 Limiter Operation

1.3 SpeakerSenseBuilding Blocks

Some Comments About Outboard Limiting and Compression

In addition to the limiting action of the CEUs, most systems carry a variety of outboard compressor
units, patched either into channels, subgroups or the main outputs. The following should be consid-
ered regarding their usage:

Compressor/Limiters on the main outputs will not increase the system reliability and, in fact, may
significantly compromise it. Peak limiters, and "brickwall" types in particular, will degrade the
system's performance and reduce system reliability. Stiff limiters will reduce the peak to average ra-
tio with their fast acting attack. These are, of course, those very same peaks that the Meyer CEU is
designed to let pass since they will not endanger the speakers. The removal of the peaks is then fol-
lowed by an increase in drive level as the mixer strives for the feeling of dynamic power. This even-
tually leads to a dense, compressed and distorted signal that engages the CEU's RMS limiters con-
tinually because the dynamics are insufficient to allow the limiters to release.  Removing all of the
peak power capability of the speaker system, results in a 10 to 12 dB of peak pressure reduction (16
to 18 dB in "safe"). To make matters worse, you might guess what the reaction of some mixing engi-
neers will be to having the system sound like this: They turn it up!  Now there is real danger of
burning voice coils.1

The same considerations are valid with outboard compressors placed on all the key channel and
submasters. If these are all compressed, then the same result may occur.

These points are particularly relevant to the MSL-10A and MSL-5 speaker systems.  These systems
have an extremely high peak-to-average ratio. Highly compressed drive signals into these systems
will lead to disappointing results. Open it up—let Meyer Sound take care of the dynamics!

The B-2EX Safe Circuit

The "safe" switch in the B-2EX controller has two func-
tions: In addition to reducing the RMS limiting threshold
by 6 dB (as with all of the others), it also switches in the
excursion limiter. When the "safe" switch is out, the ex-
cursion limiter is disabled.

1  The processor will limit power to the speaker independent of the type of signal used (however
there is a tendency for the system to be pushed harder when the consoles are being clipped).
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1.4.1 Output Power Classifications

There are three power amplifier classifications for use
with Meyer Sound speaker products. The classifications
are primarily distinguished by different maximum power
output capability, but other features are considered as
well.

Type 1 and Type 2 Power Amplifier Specifications
Types 1 and 2 are for use with the general speaker line,
with the Type 2 generally having  3 dB more power. The
Type 1 and 2 classifications do not include specific
brands and/or models of power amplifiers, but rather
serve as a guide for choosing the best model for your
needs.

Voltage Gain: Must be a minimum of 10 dB to a maxi-
mum of 30 dB when measured from input to output.

Mains AC Power: The AC power inlet must be a three-
circuit grounded plug with the earth (mains AC) ground
permanently connected to the chassis. The amplifier must
meet the power output criteria specified below over a
line voltage range of 100V to 240V AC, 50/60 Hz (which
may be split into selectable ranges).

Building Blocks 1.4 Amplifiers

Type 1 power amplifiers are for use with:

UPA-1 UPA-2 UM-1

UPM-1 UPM-2 MSL-3A

MST-1 MPS-355 MPS-305

650-R2, MSW-2 or USW-1 when used with
B-2 or B-2A Controller.

Type 2 Power Amplifier

FTC rating at 8Ω: 350–700 watts

FTC rating at 4Ω: 700–1500 watts

Type 2 power amplifiers are for use with:

USM-1 MSL-2A DS-2

650-R2, MSW-2 or USW-1 when used with
B-2Aex or B-2EX Controller.

Type 1 Power Amplifier

FTC rating at 8Ω: 150–350 watts

FTC rating at 4Ω: 300–750 watts

In order to accommodate the increased peak power of the
Type 2 amplifiers, the CEUs must incorporate fast acting
peak excursion limiters. This has been implemented in
the S-1, D-2 and B-2EX CEUs but not in the M-1A or M-
3A. If Type 2 amplifiers are used with these products, the
reliability will be compromised due to the excess peak
power.

How much louder would my UPA be if I used a Type 2
amplifier?

At first there would be an addition of 0 dB of continuous
SPL and 1 to 3 dB of peak SPL. The continuous level is
governed by the CEU  rather than the amplifier. Then,
there would be a reduction of 125 dB continuous when
the drivers are blown.

Why can't I use Type 2 amplifiers on all of the products?
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Type 3 Power Amplifier Specifications

The Type 3 class is used exclusively for the MSL-5 and
MSL-10A systems, and is specifically designed to work
with the specialized protection circuitry of the M-5 and
M-10A CEUs. These amplifiers should not be used on
other products, nor should the MSL-5 or MSL-10A speak-
ers be powered by other amplifiers. Type 3 amplifiers are
limited to those amplifiers which are "Meyer approved,"
having satisfied all of the stated criteria. Contact Meyer
Sound for the current list of approved Type 3 amplifiers.

1.4.1 Output Power Classifications

There are several questions regarding Type 3 amplifiers
that require some explanation.

Why 16 dB voltage gain?

The M-5 and M-10A use a combination of SpeakerSense™
and predictive limiting. Because of the limitations of pre-
dictive limiting (see section 1.3.3), the gain must be fixed.
Predictive limiting is used so that the limiting can engage
before the amplifier has reached the clip point.

Can't I just use a different amplifier and turn it down to
16 dB gain?

It's not that simple. Many models of power amplifiers
have pre-attenuator, balanced input stages. These would
then be clipped by the CEU and the signal would distort.

Isn't 1100 watts too much power for the speakers?

This is a tremendous amount of power. But, since the am-
plifier is never allowed to clip, the power remains safely
harnessed, maximizing the distortion-free dynamic range.

With the gain so low how can I drive the speakers to full power?

The M-5 and M-10A CEU have approximately 16 dB of
throughput gain to make up for the low gain in the power
amplifier. From the point of view of the mix outputs the
system reacts as if it has the combined voltage gain of 32
dB. The mixer will have no trouble bringing this system to
full power.

Can I use Type 3 amplifiers for the other products?

No. The voltage gain would be too low. The other CEUs
have a throughput gain approaching unity. The 16 dB of
gain at the power amp would not allow the system to be
brought to full level with any degree of headroom.

Voltage Gain: 16 dB, internally fixed.

Power Output

0.5 second burst at 4Ω 1800 watts

FTC rating at 8Ω 1100 watts

Nominal (235 VAC) Operation: With 4Ω resistive load,
reproduce three specified burst waveforms1,2,3each con-
tinuously for 1 hour without shutdown or limiting.

High (255 VAC) Mains Operation: With 4Ω resistive
load, reproduce a 400 msec sine wave burst at 255 watts,
2.8 second burst interval, continuously for 1 hour with-
out shutdown or limiting.

General: Latch-up protection, indicators for clipping,
limiting, thermal overload.

Building Blocks 1.4 Amplifiers

1) Cycle consisting of 50 msec sine wave at 120V peak and 450 msec sine wave at 24V peak.
2) Cycle consisting of 25 msec sine wave at 120V peak and 975 msec sine wave at 41V peak.
3) Cycle consisting of 400 msec sine wave at 120V peak and 2400 msec sine wave at 0V peak.
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1.4.2 Power Amplifier Voltage Gain

Building Blocks 1.4 Amplifiers

Power amplifiers increase line-level audio signals to a
power level suitable for driving loudspeakers. Possibly
the simplest and most basic components in an audio sys-
tem, amplifiers may easily be taken for granted. Yet their
electrical characteristics can affect both sound quality and
reliability in reinforcement loudspeaker systems.

Why Control Gain?

The voltage gain of an amplifier determines the input sig-
nal required to drive the amplifier to a given output
level. Amplifiers with high gain require less input volt-
age to reach full power that those with lower gain.

On the face of it, one might conclude that more gain is
better. Wouldn't raising the gain increase the system
headroom? In actuality, this is true only if the stages that
feed the amplifier (the mixer outputs, for example) are
clipping before the amplifier does. This is rarely the case.
If the amplifier is the first component in the system to
clip, then raising its gain further will be detrimental.

Every gain stage will amplify not only the audio signal,
but also any unwanted noise that is generated by the
stages which precede it. The power amplifier is the last
component in the chain before the loudspeaker. The
higher the gain, the louder the noise will be when your
system is idling.

Excess gain means that the amplifier will likely spend
more time in clipping. If the amplifier's power capability
significantly exceeds the power handling capacities of the
loudspeakers, the clipping can also damage the speaker
components.

The most common misperception about amplifier gain is
that amps with more gain have more power, and turning
an amp down would be throwing power or headroom
down the drain. In actual fact, moderate amp gain will
optimize dynamic range by keeping the noise level low,
while using the full rated power of the amplifier.

Recommended Amplifier Voltage Gain Range

The power amplifier voltage gain is the ratio of input to
output voltage.  This number determines the amount of
input voltage required to bring the amplifier to full
power and is independent of the amplifier’s maximum

power output capability. The effectiveness of Speaker-
Sense circuitry in protecting the speakers depends on
both the amplifier’s maximum output capability and the
voltage gain, and must be between 10 and 30 dB for
proper operation. (see Section 1.3.2). Consult the owner’s
manual of your amplifier to determine voltage gain, or
measure it directly.

Fig. 1.4b Voltage gain multiplier versus dB gain.

Voltage Gain Specifications

Amplifier specification sheets have three different ways
of denoting voltage gain:

1) dB voltage gain.

2) Multiplier (ratio of output voltage to input).

3) Sensitivity (input voltage required to achieve full volt-
age swing at the output.

If the manufacturer specifies the multiplier:

The specification will read something like:

Voltage gain = 20X

Voltage gain and the multiplier are related below:

dB Voltage gain = 20 log  (VOutput/ VInput )

Which is to say,

dB Voltage gain = 20 log  VMultiplier

Formula 1.4a

e.g.,  20 Log (20 volts output/1 volt input) = 26 dB

As an alternative, Fig. 1.4b can be used to determine the
voltage gain in dB from the multiplier.
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If the manufacturer specifies sensitivity, the specification
will read something like:

Sensitivity = .775V input drive for full rated output.

Amplifiers that use a standard sensitivity for full power
output have a different voltage gain for each model of
amplifier since they each have different rated output
power. Models that specify sensitivity require a more
complex calculation since it is necessary to determine the
voltage level at the output when the rated power is
achieved. It is best to use the 8Ω power rating since the
voltage will tend to sag under low impedance load  con-
ditions, yielding a slightly lower voltage gain number.

To determine the output voltage at rated 8 Ω power:

V Max Output=√rated 8 Ω power (watts) x 8

Formula 1.4b

For example an amplifier is rated at 313 watts into 8Ω
with a sensitivity of .775V for full power. First we solve
for the maximum output voltage:

V Max Output= √ 313 x 8

V Max Output= √2504

V Max Output= 50 volts

Having now determined the voltage at full power out-
put, the multiplier can be found by dividing it by the in-
put voltage (the sensitivity figure.)

VMultiplier = VOutput/VInput

Formula 1.4c
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1.4.2 Power Amplifier Voltage Gain

Continuing our example:

VMultiplier = 50 /.775

VMultiplier = 64.5x

Once the multiplier is determined the voltage gain can be de-
termined using formula 1.4a.

dB Voltage gain = 20 log  64.5

dB Voltage gain = 36.2 dB

This is above the safe voltage gain limit of 30 dB and should be
reset.

There is an important difference between amplifier models
that are manufactured to a standard dB voltage gain and those
set to a standard sensitivity. Fig 1.4c shows the relationship be-
tween these two standards. Notice that the sensitivity rated
amplifiers have higher voltage gain for higher output power,
whereas the dB voltage gain-rated units have a constant gain.
Notice also that where the voltage gain has exceeded 30 dB, the
effectiveness of the SpeakerSense circuit is compromised at the
same time that amplifier power is increasing (see Section 1.3.2).

 Since it is common practice for many users to build systems
with a mix of different models of amplifiers (with different
power ratings), those using sensitivity-rated amps may be un-
wittingly uncalibrating their system. This will also affect the
crossover point in multi-way systems, causing them to shift
in frequency and phase (see section 1.4.5).

Building Blocks 1.4 Amplifiers

The European Meyer standard
for voltage gain is 23 dB (14x).

The North and South American
Meyer standard for voltage

gain is 26 dB (20x).

26 dB

23 dB

Fig. 1.4c  Amplifier sensitivity versus dB gain.
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If automobile manufacturers were to adopt the same
logic as power amplifier designers, your speedometer
might be rated in miles per hour under the maximum
speed of your car as shown in Fig 1.4d.

A race car and a school bus are  traveling at –60 m.p.h.
according to their speedometers. How fast are they go-
ing?

The level control on a power amplifier:

A) Does not reduce the amplifier's maximum out-
put power unless it is turned so low that the de-
vice driving the amplifier input clips before it
can bring the output to full voltage swing.

B) Does not necessarily correlate between models
of amplifiers—even between different models
of the same manufacturer unless they have been
set to the same maximum voltage gain.

0
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-40

-80
-100

-120

-140

MPH (Relative to Maximum)

To make the power amplifier level controls usable
as relative level controls:

• Set all amplifiers in your system to a standard
maximum voltage gain.

• If the levels of some models cannot be reset to the
standard, then mark the attenuator position that
correlates to your standard.

1.4.3 Amplifier Level Controls

The standard markings for the level controls of power
amplifiers is in dB attenuation. This is actually rather
confusing when one considers the fact that these amplifi-
ers are not attenuators at all. They are quite the opposite
—they are amplifiers! The front panel markings refer
only to dB reduction in voltage gain relative to the fully
clockwise (maximum) setting.

Fig 1.4d Amplifier level control logic applied to a
speedometer.

Will these 300 watt amplifiers give you the same output
level?  Not necessarily.

Power Amplifier

Brand X
Channel B

0 dB

Channel A

0 dB

Brand Y
Channel B

0 dB

Channel A

0 dB
Power Amplifier

Fig. 1.4e Two 300-watt amplifiers with all channels set
to 0 dB.

The front panel settings might lead you to believe that
these amplifiers were matched. However, the gain may
be completely different.

Building Blocks 1.4 Amplifiers
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Building Blocks 1.4 Amplifiers

The CEU output must be capable of cleanly driving the
amplifier input sufficiently to bring the amplifier to full
power. Typical, CEUs can drive +26 dBu (+24 dBV),
which is sufficient to drive most amplifiers well into clip-
ping, even with relatively low voltage gains. Chart 1.4f
shows the drive levels required to reach full power at
various maximum power output ratings.

For example, a Type 2 amplifier rated at 400 watts into
8Ω, and set to the European standard of 23 dB, would
reach full power with a drive level of +14 dBu. This
would leave 15 dB of headroom in the system. In other
words, the amplifier could be driven 12 dB into clipping
before the CEU  itself clipped.

1.4.4 Drive Level Requirements

Fig 1.4f Drive level requirements for full power amplifier output.

Note: M-5 and M-10A systems have a unique gain struc-
ture and are not represented in the chart below. See Sec-
tion 1.4.1 for an explanation regarding these systems.
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1.4.5 Matching Amplifier Voltage Gain

One of the most common mistakes made with Meyer
Sound systems is the operation of HF and LF amplifiers
at different voltage gain settings. It seems simple enough.
If there is too much low end, turn down the LF amplifier.
If it is too bright, turn down the HF amplifier. People
seem to feel much better if they can keep from using their
equalizer. Unfortunately there are some serious side ef-
fects to this practice that should be considered. For ex-
ample, is it better to save a filter in the low end if it
means you are more likely to destroy your HF driver?

The most common practice is to turn down the LF ampli-
fier.

Why turn down the LF amplifier gain?

• The speaker is coupling with the room in the low
end. Turning down the LF amplifier can save fil-
ters in the low end.

• An array of speakers is coupling in the low end.
Turning down the LF amplifier can save filters.

• The LF amplifier has twice the power capability
of the HF amplifier (a mistake). Turning it down
will reduce the power capability (a fallacy).

Reducing the LF amplifier gain:

• Decreases the LF buildup as desired.

• Shifts the acoustic crossover down in frequency.

• Requires the HF driver to carry more of the MF
power response.

• Misaligns the phase relationship at crossover caus-
ing possible phase cancellation.

• Alters the directional response at crossover.

• Leaves a dip in the midband because the LF cou-
pling rarely reaches up to the crossover region.

• Increases MF distortion. The HF driver distortion
is worst below its passband.

Fig. 1.4g  Unbalancing the acoustic crossover.

The acoustical crossover point of any speaker system is affected by the relative amplifier gain.
In this example, the crossover is 500 Hz when the gains are the same. If the gain of the Lo chan-
nel is raised by 3 dB, the crossover rises to 630 Hz. If it is lowered 3 dB, it drops to 400 Hz.
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What are the side effects of unbalancing the drive levels
to the speakers?

Building Blocks 1.4 Amplifiers
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If the amplifiers remain matched and the coupling
is equalized:

• LF buildup is reduced as desired.

• The acoustic crossover is maintained.

• LF and HF driver power response is optimized.

• Phase relationship at crossover remains optimized.

• Directional pattern remains optimized.

• There is no dip in the midband.

• Midrange distortion is minimized.

Note: The above caution is particularly true of the MSL-3
due to its low acoustic crossover. Turning down the LF
drivers will seriously endanger the MS-2001A.

Any given program material requires a certain amount of
midrange power. What will supply it? Will it be the LF and
HF drivers coupling together with a phase aligned cross-
over as shown in Fig 1.4h? Or will it be  the HF driver
alone, running below its passband and out of phase at the
actual acoustic crossover as shown in Fig 1.4i?

The coupling of LF drivers, either to the room or each
other, is pure efficiency gain. LF coupling means more
power for less drive, creating more headroom and less dis-
tortion. It can easily be equalized, if desired. If the LF am-
plifier is turned down you will throw away the benefits of
coupling and penalize the HF driver for not coupling by re-
quiring it to handle more of the midrange power.

 All biamplified Meyer loud-
speaker systems use the same
power amplifier voltage gain for
the HF and LF channels.!

There is a huge difference between equalizing the
coupled energy and turning down the LF amplifier.

Fig 1.4h UPA-1C with matched voltage gains at crossover.

Fig 1.4i UPA-1C with unmatched voltage gains at crossover.

Energy is shared in crossover region. Crossover is centered at 1200 Hz.

The HF driver must supply the acoustic power down to 900 Hz.

1.4.5 Matching Amplifier Voltage Gain
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Building Blocks 1.4 Amplifiers

1.4.6 Matching Output Power

HF and LF channel amplifiers for all Meyer Sound
biamplified systems should have the same power rating.
Forget the old school practice of powering the HF driver
with a lower wattage power amplifier. The power han-
dling capability of the individual components has al-
ready been factored into the design of the speaker
system's protection circuitry.  Lower wattage power am-
plifiers will clip earlier, creating distortion and effectively
doubling their average power output. As a result, this
will noticeably degrade sonic quality and may compro-
mise reliability.

The whole issue of wattage clouds things. The key point
here is voltage swing. The HF driver must have sufficient
voltage swing to follow the crest of the input waveform.

Figure 1.4j  shows the impulse1 response of a speaker sys-
tem. This is the transient response of the system as you
would see on an oscilloscope, indicating the type of
waveform created when a pulse signal (not unlike a
snare drum) is put into the speaker. The highest part of
the peak is the high-frequency content. If the HF ampli-
fier does not have sufficient voltage swing the transient
will be clipped, resulting in lost dynamic range.

The protection of the driver from excess long-term power
will be handled by the SpeakerSense™ limiting.

There is a recent trend in amplifier manufacturing where
models are created that have two channels of different
output power  (e.g. 600 watts and 150 watts). These are
marketed as appropriate for LF and HF drivers respec-
tively. These amplifiers are not recommended for biamplifying
Meyer speakers!

 All biamplified Meyer loud-
speaker systems use the same
power amplifier type for the HF
and LF channels.

Fig 1.4j

Impulse response of a loudspeaker. This impulse
can only be reproduced if both the HF and LF ampli-

fiers have sufficient voltage swing to follow the
crest of the waveform. Low wattage amplifiers (of-
ten mistakenly applied to the HF driver) will pre-

vent the crest from being reproduced.

!

1  This is a bandwidth limited impulse response which corresponds to -3 dB at 12 kHz.
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Before operating in bridged mode:

• Check that the maximum power output capa-
bility does not exceed the speaker system's
maximum rating.

• Verify that the voltage gain is below 30 dB.

• Verify the polarity of the amplifier (which
channel is hot.)

1.4.7 Amplifier Polarity

Fig 1.4l

A power amplifier with "pin 3 hot" polarity. The output
signal tracks the voltage present at pin 3 and is the op-
posite to the signal present at pin 2.

Fig 1.4k

A power amplifier with "pin 2 hot" polarity. The output
signal tracks the voltage present at pin 2 and is the op-
posite to the signal present at pin 3.

Fig 1.4m

 Bridged mode operation.

The input section of a power amplifier is typically the
last balanced drive stage. The output section is typically
single-ended with a "hot" pin and a reference ground.
The hot pin can swing either positive or negative over
time as it tracks the input voltage. Because the output is
single-ended it will track the polarity of only one of the
pins (2 or 3) of the balanced differential input drive,
making the amplifier either "pin 2 hot" or "pin 3 hot"
respectively. The AES standard is pin 2 hot.Unfortunate-
ly, however, it was adopted some twenty years too late
and various manufacturers had established their own
standards and are understandably reluctant to change.

Meyer Sound speakers and CEUs will work equally well
with either polarity standard, provided of course that all
units are driven with the same polarity.

When placed in "bridged" mode, two amplifier output
sections are configured as a push–pull output drive. The
speaker is then loaded across the "hot" output terminals
of the respective channels, doubling the maximum volt-
age swing across the load. With today's high power am-
plifiers, the bridged mode is capable of providing hazard-
ous voltage levels across the output terminals. Therefore,
extreme caution is advised. Bridged mode can, in the best
case, give a four-fold power boost across the load. This is
usually not the case, however, since the load impedance
seen by the power amplifier is effectively halved. There-
fore, the amplifier's current limits are reduced. In other
words, a 4Ω speaker is seen as a 2Ω load in bridged
mode, a load that is more likely to be limited by current
capability than voltage swing.

Bridged mode not only increases the maximum output
power but, in addition doubles, the voltage gain (+ 6dB).
Check to make sure that both the maximum power out-
put and voltage gain specifications are within the limits
of the speaker before using bridged amplifiers. Deter-
mine the polarity of the bridged amplifier (which channel
is hot) by checking manufacturer's specifications.

1.4.8 Bridged Mode Operation

Speaker

-
+ +

+ +

Bridged 

Output

Balanced

Input

 - 3

+ 2

C 1

Ch A

Ch B
-

 - 3

+ 2

C 1

Balanced

Input

Output

Stage

+

C

Pin 2 Hot

+ 3

-  2

C 1

Balanced

Input

Pin 3 Hot

Output

Stage

+

C

1.4 AmplifiersBuilding Blocks
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The previous chapters of this book have detailed the con-
cepts behind  Meyer Sound's speaker systems with exter-
nal  CEUs and amplifiers. These design concepts, while
quite radical some years back, are now standard among
current professional speaker system manufacturers.
When compared with custom component designs, this
has the obvious advantage of repeatable system results,
system compatibility, high quality and reliability.
However, this approach has two equally obvious limita-
tions: the high variability of power amplifier perfor-
mance, and the possibility of inadvert mis-wiring. These
were two important factors in Meyer Sound's decision to
create the self-powered line of speakers.

Generic amplifiers (i.e. an amplifier that is used with any
speaker) have always been the industry standard. Let's
look at the major market factors in amplifiers. To com-
pete, the manufacturer must differentiate their product.

Consider the following:

1) Amplifier power capability has steadily risen every
year. There is every indication that this trend will con-
tinue. As amplifier power goes up, the life span of speak-
ers attached to them goes down. Speaker systems require
ever more sophisticated limiters to protect themselves
from the excess power.

2) Amplifier manufacturers design their protection cir-
cuitry to maximize the reliability of the amplifier—not the
speaker.

3) Increased power amplifier output does not necessarily
make the speaker system louder. After the maximum ca-
pability of the speaker is reached, increasing the ampli-
fier power only reduces reliability and increases the cost.

4) Generic amplifiers have unknown loads. Is it 8Ω? 4Ω?
2Ω?  A short circuit? Is it a reactive load? A long cable
run? Therefore, they must have all of the circuitry to be
ready for any condition. This amounts to huge banks of
parallel output transistors, and a bucketful of other com-
ponents—any of which can fail.

5)  The cost per watt is lower at loads of 4Ω or less. An
amp rated at 250 watts into 8Ω may give you 400 watts at
4Ω. Naturally, the user would power two 8Ω speakers
with a single channel loaded to 4Ω. While economy
points to loads of 4Ω or less, the sonic performance and
reliability of power amplifiers is superior at 8Ω (better
damping factor and slew rate, less current draw).

Each manufacturer tries to create an amplifier
that has:

• The most power.

• The lowest price.

• The smallest, lightest package.

• The highest reliability.

1.5.1 Self-Powered Speaker Systems

1.5 Self-PoweredBuilding Blocks

One of the best things about Meyer Self Pow-
ered Speakers:

The information in Sections 1.1 through 1.4 of this
book is critical to achieving optimized reliable per-
formance from a conventionally powered system.
With the self-powered series systems it has all been
taken care of inside the box.

The Generic Power Amplifier

Imagine for a moment that the automotive industry had
evolved such that cars were sold complete with body,
transmission and drive train, but without the engine.
Buyer's would then shop around for what they thought
would be the best engine based on maximum horse-
power and best price.  After all, who wouldn't want the
maximum acceleration and speed? However, the in-
stalled engine could exceed the capabilities of the drive
train and destroy the transmission—but that would not
be the engine manufacturer's problem. The acceleration
may be so great that the car manufacturer would have to
create increasingly sophisticated and costly safety sys-
tems to protect itself. In the end, the maximum  safe
speed and acceleration would be based on the entire car
as a system—not any single component.

Sound insane? Welcome to the audio industry.

• The most bells and whistles.
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The self-powered speakers are more reliable than
conventional speakers and amplifiers because:

• The amplifiers were designed specifically for the
peak and continuous capability of the speakers.

• True Power Limiters (TPL) provide long-term
protection based on the actual power dissipation
of the speaker.

• The speakers are virtually impossible to miswire.

 • The Intelligent AC™ automatically senses the
line's voltage so that it can be used anywhere in
the world.

• Meyer Sound has been manufacturing powered
speakers since 1989.

• Meyer Sound has been building amplifiers since
1986.

• Remote monitoring of the system status. Heatsink
temperature and power output can be continually
monitored to assure safe operation. Component
failure is detected within seconds and the opera-
tor is alerted at the house position.

1.5.1 Self-Powered Speaker Systems

1.5 Self-PoweredBuilding Blocks

6) Speaker cable offers no sonic advantage. Amplifier ef-
ficiency is reduced. The losses are variable with fre-
quency due to the variations in speaker impedance.
Heavy-gauge wire can be prohibitively expensive as are
multiple runs.

7) What does an amplifier sound like? There have been
countless attempts to listen to amplifiers in blind tests,
however, the results are always inconclusive since inevi-
tably you are listening to a speaker. An amp that works
well with one model may work poorly with another.

The New Standard: Fully Integrated Systems

In 1989 Meyer Sound set a new standard for sound repro-
duction with the HD-1 High Definition Studio Monitor.
Each speaker contains an integrated power amplifier and
control electronics, creating a speaker system with unpar-
alleled quality. There were initial requests for Meyer to
offer the HD-1 with generic amplifiers until people real-
ized that it would be impossible to achieve the same level
of quality and consistency without keeping the amplifier
inclusive. This is now the currently accepted standard
approach to studio monitoring and, naturally, the compe-
tition has followed.

With six years of experience in building powered speakers,
Meyer has implemented this technology for the sound rein-
forcement industry. In order to move sound reinforcement
quality to the next level, any unnecessary obstacles be-
tween the music and listener must be eliminated. The self-
powered series minimizes this path by streamlining the
power amp and removing cable loss from the equation.
Listening tests continue to confirm the conclusions made
earlier with the HD-1: Generic systems cannot match the
sound and power of the self-powered series.

Reliability

Meyer Sound has never lost sight of the fact that it is reli-
ability that is the number one priority for a sound sys-
tem. It does not matter how good it sounds in the first
half of the show if it does not make it to the end.

The sonic advantages to the self-powered series
are:

• Total optimization of the system amplitude and
phase response.

• Maximum power efficiency due to known
speaker and amplifier.

• Optimized damping and slew rate (all loads are
8Ω)

• Low distortion class AB/H amplifier.
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In addition, there are a large number of logistical
advantages to the self-powered series, such as :

• Ease of setup and minimal hookup.

• Ease of system design. No CEUs, power amplifiers,
interconnect cables, sense lines, speaker cables, cus-
tom rack panels, or amplifier racks.

• Ease of multichannel operation. Each speaker is its
own channel.

• Ease of supplementing a system. Just add more
speakers.

• Full control of relative levels (LD-1) at the house
mix position.

•Remote monitoring of the system (RMS™) at the
mix position.

• Less truck space and weight.

• Ease of CEU and amplifier service replacement.

• Reduced training time for operators and customer
rental.

• Can be rented without fear that the customer will
rewire your racks or overdrive the system.

• More room on stage.

Logistics

The self-powered series is also the fastest and easiest
high-quality sound reinforcement system. Roll it out of
the truck, place it,  plug in the AC and plug in the signal.
Your PA is ready. For permanent installations there is no
amplifier room or speaker cable runs required.

Cost

When considering cost, it is important to remember to
factor in the auxiliary expenses with conventional sys-
tems.

Self-powered speakers are self-contained,
however, other speaker systems will need the
following additional items:

• Power amplifier(s).

• Control Electronics Unit(s).

• Speaker cable(s).

• Interconnect cables.

• Amplifier rack.

• Custom interconnect and speaker panel(s).

• Wiring and fabrication labor.

1.5.1 Self-Powered Speaker Systems

1.5 Self-PoweredBuilding Blocks

The Meyer Sound self-powered series is in the process of
transforming the sound reinforcement industry's view of
speakers and amplifiers by making it easier and more
cost-effective for engineers to achieve consistent high-
quality sound.

There is only one known disadvantage to the
self-powered concept:

The amplifiers will be more difficult to service
in instances where the speakers are hard to
reach, for example when hung in the air.
Weigh this against all of the other advantages.
Be sure to consider that you will be less likely
to have to climb up and service the drivers be-
cause they are less likely to need service.

Conclusion
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The monitored parameters include:

• Input drive level.

• Amplifier output level, clipping.

• Driver continuity.

• Limiting.

• Speaker polarity.

• Heatsink temperature.

• Fan speed.

Building Blocks 1.5 Self-Powered

1.5.2 Remote Monitor System (RMS™)

The Remote Monitor System (RMS™) is a PC-based com-
puter network that allows the user to monitor all of the
significant status parameters of the self-powered speak-
ers. This gives the user a more comprehensive view of
the system's operational status than could be achieved
with conventional CEU/amplifier/speaker type systems.

The LD-1A is a two-rack space device that controls up to
eight speaker subsystems. The LD-1A replaces the key
user controls that disappeared with the CEU, such as
level, Lo cut, polarity and DS-2 crossover functions. The
LD-1A has two main channels that are set up to run the
subwoofers, DS-2s and main full-range speakers. In addi-
tion there are six auxiliary channels that provide level
and Lo Cut capability for additional subsystems.

Is the LD-1A required for all self-powered series appli-
cations?

No. The LD-1A is best suited for applications where
separate level, delay and eq are being used for sub-
systems driven with the same signal. If the DS-2P and
650-Ps are used together the LD-1A is required.

The LD-1A would not be required if either:

• The main system was a simple mains plus subwoofers
without downfill or sidefill subsystems.

• Each subsystem were driven off of its own matrix out-
put.

With SIM®, RMS™ and the LD-1A, Meyer
Sound provides everything required to
analyze, align and monitor the response of
a self-powered sound system without leav-
ing the booth.

1.5.3 The LD-1A

RMS™ and the LD-1A are described very completely in the existing Meyer
Sound literature. Contact Meyer Sound to obtain these brochures.
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The CP-10 Complementary Phase Parametric Equalizer
was developed to compensate for the frequency response
anomalies encountered with installed speaker systems.
The CP-10 was developed concurrently with SIM (Source
Independent Measurement) and its features grew from
the needs of actual measured sound systems.

Why Parametric Equalization?

High-resolution frequency response measurements of in-
stalled systems very quickly revealed that the frequency
response anomalies have no respect whatsoever for ISO
standard center frequencies and bandwidth. In actual
practice, peaks and dips can be centered at any frequency
whatsoever—as wide or narrow as they choose. It is ab-
solutely essential to have independent control of center
frequency, bandwidth and level for each filter section, so
that filters may be placed precisely. It is a proven practice
that a few carefully chosen parametric filters are capable
of providing superior correction to the usual array of
twenty-seven fixed 1/3-octave filters.

Complementary Phase

In order to provide a true correction for the effect of the
speaker system's interaction with the room, the system's
frequency response must be restored in both amplitude
and phase. A truly symmetrical, second-order filter to-
pology provides the best complement for correctable
minimum-phase phenomena in installed systems. The
CP-10's complementary phase circuitry helps to restore
the system's original amplitude and phase response by
introducing an equal and opposite complementary char-
acteristic.

Shelving Filters

The Lo Cut and Hi Cut shelving functions provide
gentle, first-order rolloffs of the system extremes. The Lo
Cut circuit was strategically designed to compensate for
the type of LF buildup encountered when speakers are
combined in arrays. The Hi Cut filter effectively prevents
an overly bright presence when using speakers at close
range.

1.6.1 Equalizer: The CP-10

To compensate for the anomalies that result
when speaker systems are installed, the
equalizer must have:

• Adjustable center frequency.

• Adjustable bandwidth.

• Adjustable level.

Fig 1.6b  The CP-10 shelving section family of curves.

Fig 1.6a  The CP-10 parametic equalizer section family
of curves.

50 100 200 500 1k 2k 5k 10k 20k

50 100 200 500 1k 2k 5k 10k 20k

1.6 EqualizersBuilding Blocks
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1.6.2 Advantages of Parametric Equalizers

1.6 EqualizersBuilding Blocks

Fig 1.6c  The way it would be if comb filtering had log frequency spacing on ISO center frequencies.

A graphic equalizer could create a complementary response to this. Unfortunately, there is no known mechanism
in the interaction of speakers and rooms that will cause this type of response.

Fig 1.6d Linearly spaced comb filtering as created by the interaction of speakers with rooms and other speakers.
See Section 2 for complete details. A parametric equalizer with adjustable center frequency, bandwidth and level

is capable of creating a complement to this type of response.

The most popular equalizer in professional audio is the
1/3-octave graphic equalizer, a parallel bank of equal
percentage bandwidth filters spaced at 1/3-octave inter-
vals. It is the worldwide accepted standard for equaliz-
ers, and is typically used for the correction of installed
speaker systems. Since it is called an "equalizer" one
might assume that it is capable of creating an equal but
opposite response (a complement) to that of the speaker
system in the room. The term "graphic" indicates that the
front panel fader positions give a graphical indication of
its actual response.

Unfortunately, both of these assumptions are wrong.

Graphic Equalization versus Complementary Equal-
ization

There is no mechanism in the interaction of speakers that
causes logarithmically spaced peaks and dips. There is noth-
ing that governs these interactions and compels them to ad-
here to ISO standard center frequencies such as 500, 630 and
800 Hz. There is no mechanism that causes successive peaks
and dips of equal percentage bandwidth, the type shown in
Fig 1.6c. What actually results in interactions is shown in Fig
1.6d. In short, the only interaction that a 1/3-octave graphic
equalizer can complement is that of another graphic equalizer.

To create a complement of the types of responses actually oc-
curring in room and speaker interaction requires a parametric
equalizer that can independently control center frequency,
bandwidth and level.
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Fig 1.6e Contrasting a graphic equalizer and the CP-10 Parametric

Graphic equalizers provide a visual indication of their response. (Hence the term "graphic"). Unfortu-
nately though, the visual does not necessarily correspond to the actual response. This is especially true
when multiple filters are engaged, since they may be highly interactive. Fig 1.6e shows the difference be-
tween the graphic front panel settings and its actual response.

The most common reservation about parametric equalizers is the perception that the front panel setting
does not help the engineer visualize the response.

Another reservation is the perception that the 27-31 bands of a graphic equalizer are more flexible than
the 5 or 6 bands of a parametric. Note that in the above figure, it took 15 graphic EQ filters to create the re-
sponse that the CP-10 made with one filter.

The electrical response of the Graphic EQ with 15 filters in-
serted and of the CP-10 with 1 filter inserted.

The graphic equalizer front panel settings are superim-
posed upon its measure response.  A total of 15 filters
were used ranging from 1-5 dB of cut.  The panel setting
shows a 10 dB error from the actual curve generated by
the equalizer.

Graphic Response vs. Actual Response

The front panel indicators do not take into account the in-
teraction of neighboring bands. The summation response
that occurs when the boosts and cuts are added together
will often vary more than 10 dB from the response indi-
cated on the front panel.

1.6.2 Advantages of Parametric Equalizers (cont.)

1.6 EqualizersBuilding Blocks

Since a graphic equalizer cannot correct room
and speaker interaction and gives false indica-
tion of its response, what should it be used for?

A tone control for mix engineers to create artistic
shaping of the system's overall response.
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1.6.3 Complementary Equalization

Fig 1.6f Peak and dip are complementary in amplitude and phase. The center frequency, bandwidth and level of
the peak and dip are matched.

Fig 1.6g The result of complementary phase equalization. Amplitude and phase responses are flat.

Flat amplitude response

Flat phase response

Phase response of the peak

Amplitude response of the peak

Amplitude response of the dip

Phase response of the dip

To create the complement of a given response the equalizer must create an inverse amplitude and phase
response. If this occurs the resulting response will have have a flat amplitude and no phase shift.

1.6 EqualizersBuilding Blocks
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1.6.4 Error in Center Frequency

Fig 1.6i Result of error in center frequency.

Fig 1.6h Peak and dip do not have the same center frequency.

Peak is centered at 450 Hz

Dip is centered at 500 Hz

Phase responses of the peak and dip
are not complementary

Phase response reveals excess delay

Leftover peak in the  amplitude response

Newly created dip in the
amplitude response

1.6 EqualizersBuilding Blocks

If the center frequency is not correct the resulting response will contain leftover peaks and dips as well as phase re-
sponse anomalies.
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Fig 1.6k Result of error in bandwidth.

Fig 1.6j Peak and dip do not have the same bandwidth.

Excessive cut in the amplitude response

Phase response reveals excess delay

Phase response of the peak and
dip are not complementary

Amplitude response of the peak
is narrow (one-tenth octave)

Amplitude response of the dip
is too wide (one-third octave)

1.6.5 Error in Bandwidth

If the bandwidth is not correct, the resulting response will contain leftover peaks and dips as well as phase response
anomalies.

1.6 EqualizersBuilding Blocks
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A)

Fig. 1.7b Active balanced inputs and outputs.

A) Positive input at pin 3 gives positive output at pin3.

B) Positive input at pin 2 gives positive output at pin 2.

Fig. 1.7a Balanced mic line.

A) Positive input at pin 3 gives positive output at pin3.

B) Positive input at pin 2 gives positive output at pin 2.

All CEUs and equalizers manufactured by Meyer Sound
utilize balanced inputs and push-pull balanced outputs.
XLR  3-pin connectors are used in all of these and in
some cases is accompanied with a Tip-Ring-Sleeve one-
fourth-inch phone jack.

In all cases the signal is configured as follows:

XLR Phone Jack Function

Pin 1 Sleeve Common

Pin 2 Ring Signal

Pin 3 Tip Signal

Notice in the above chart that the two signal pins are not
designated as either + or – . This is because all of these
devices are balanced from input to output and, therefore,
are neither pin 2 nor pin 3 hot.

The polarity of the input signal will be maintained in the
same way that a microphone cable is neither pin 2 or 3
hot. Figs 1.7a and 1.7b show the signal flow through a
standard mic line and an active balanced device, respec-
tively. Non-inverting polarity is maintained in both
cases.

1.7.1 Line Level Connections

A)

B)

Building Blocks 1.7 Connections

B)

Are Meyer Sound CEUs pin 2 or  pin 3 hot?

Neither. They are balanced in and balanced out. Po-
larity of the original input signal is preserved.

I checked my CEU with a phase popper and it says
that LF output is normal but the HF output is re-
versed. Is there a problem?

No. The phase correction circuitry of the CEUs acts
to create linear phase of the loudspeaker system.
Frequency-selective delay networks are used to opti-
mize the crossover and correct for anomalies in the
speaker. Therefore, measuring the CEU alone can be
confusing in terms of polarity.

Which type of amplifier should be used? pin 2 or pin
3 hot?

It doesn't matter as long as all of them are consistent.
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Input Connector Wiring*

This section explains the capabilities and advantages of
the ISO-Input circuit, and describes the connector wiring
practices that will enable you to best utilize those at-
tributes.  The connection configurations given here
should be particularly attractive to those who are intend-
ing to use the ISO-Input  in permanent installations such
as theatre sound and studio monitoring.

The Meyer Sound ISO-Input
Meyer's patented ISO-Input circuit constitutes a three-
port, floating, balanced signal input system.

Source Output
Configuration Wiring of ISO Input

Pin 1 Pin 2 Pin 3 Polarity Comments
Balanced n/c - + + Best CMRR

n/c + - - Lowest Hum
C - + +
C + - -
- - + +
- + - -
- n/c + +
- + n/c -
+ n/c - -
+ - n/c +

Unbalanced n/c C + + Best performance
n/c + C - unbalanced
C C + +
C + C -
C n/c + +
+ n/c C -
C + n/c -
+ C n/c +

Building Blocks 1.7 Connections

1.7.1 Line Level Connections

The primary advantages of this circuit are:

• True transformer isolations without the draw-
backs normally associated with transformer-
coupled designs.

• Maximum flexibility of input connector pin as-
signment with no change in gain.

The ISO-Input circuit makes use of specially designed
custom transformers that have a high-inductance nickel
core and Faraday shield.  The circuit achieves a full 500
volts of common-mode voltages without danger to the
input components.

The transformers used in the input are designed specifi-
cally for voltage sensing rather than power transfer. In
contrast to conventional audio transformers, they operate
in the microwatt power range.  For this reason, they do
not exhibit the core eddy losses, hysteresis problems,
ringing and phase shift normally associated with trans-
former designs.  As a direct result, distortion in the ISO-
Input stage is held to under .01% (even at 20 volts), and
phase shift at 20 kHz (without TIM filter) is less than 10°.

ISO-Input circuits are also virtually insensitive to varia-
tions in source impedance (a major concern with conven-
tional audio transformers) and, since they employ a
humbucking design, do not require costly, heavy external
shielding in order to maintain immunity from hum.  The

ISO-Input thus offers all the advantages of active bal-
anced circuits, but with the far superior electrical isola-
tion characteristics that only transformers can provide.

Perhaps most important from the standpoint of profes-
sional audio applications, however, is the fact that the
ISO-Input will accept a wide variety of input pin connec-
tions, with no change in gain. Fig 1.7c is a truth table that
shows all the input connection combinations that will
work with the ISO-Input.  In every case, the gain of the
input stage will be the same: given equal input signal
drive levels, every connection listed in the table will pro-
duce the same output level from the CEU.  Only the out-
put polarity will vary.  (Note, however, that push-pull
output drivers provide 6 dB  greater drive level than
transformer-coupled or unbalanced outputs, all other fac-
tors being equal.)

Notice that there is no input connection that will short
the output of the signal source—other than connecting
the hot lead directly to the input connector shell.  In fact,
driving any two input pins will work, and the gain of the
amplifier will remain the same: only the signal polarity
will be affected.  This unique attribute allows the ISO-In-
put to accommodate virtually any 3-pin connection "stan-
dard," and permits the user to employ a variety of types
of phase-reversing adapters without the fear of shorting
out the signal source or suffering an unwanted change in
gain.

Fig 1.7c ISO-Input wiring truth table.

*The remainder of Section 1.7.1 was written by Ralph Jones.
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Several CEUs can be driven in parallel from a single au-
dio source using "standard" connection cables, and no
ground lifting adapters will be necessary as long as the
signal common is kept separate from earth at the input
connector.  Even in relatively complex systems, the isola-
tion between the components will be as good as that pro-
vided by opto-isolators, and each ISO-Input can operate
as a self-contained, floating unit.

Connections to Standard Audio Equipment
Outputs

This section details the input connector wiring practices
that must be followed in order to implement the prin-
ciples discussed in the previous section.  These wiring
practices differ from those that are normally used today,
having more in common with traditional transformer-
isolated designs.

Particularly notable is the use of "telescoping shields."
When shields are connected at only one end of the cable,
and are not used for carrying common between the two
devices, the potential for ground loops is greatly dimin-
ished.  The connection is most ideal when a telescoping
shield is connected only to mains earth, and not to signal
common in either device.  That way, static potentials and
RFI are kept entirely separate from the signal path.

Hum-Free System Design

One of the most frustrating and difficult problems in au-
dio system design and operation is line-frequency hum
injection. This phenomenon is most often caused by
ground loops—duplicate signal common paths carrying
circulating currents which modulate the audio signal.

Ground loops can be eliminated by conventional trans-
former isolation schemes, of course, and well-engineered
transformers with excellent performance characteristics
have been available for some time. But well-engineered
transformers are very costly.  Frequently, therefore, au-
dio professionals, deprived of the benefits of transform-
ers by budgetary limits, are forced instead to design sys-
tems using only active balanced inputs and outputs—or
worse yet, unbalanced inputs and outputs.

In such systems, signal common must be brought
through with every interconnection in order to force all
the system power supplies to the same common poten-
tial. Grounding must be handled with great care in order
to avoid the formation of ground loops, while still main-
taining protection against shocks, RFI and static poten-
tials.  Every system design then, becomes a compro-
mise—and a very complicated one at that.

By contrast, the ISO-Input is completely isolated and
floats both signal lines with respect to the chassis (which
is connected to earth). This attribute greatly simplifies the
design of the hum-free audio systems: as long as no pin of
the ISO-Input connector is linked to the connector shell, it will
be literally impossible for ground loops to form.

Fig 1.7d

Transformer-coupled output stage connection.

Transformer-Coupled Output

  3
 2
 1

+ 
- 

Balanced Input

Signal Common

Chassis

Mains Earth

C 

1.7.1 Line Level Connections

Building Blocks 1.7 Connections
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1.7.1 Line Level Connections (cont.)

Fig 1.7e

Push-pull output stage connection.

The following Meyer CEUs utilize the
Iso-Input:

M-3A S-1 VX-1

M-10A M-5 D-2

Note: In all cases, the following connection instructions
assume that the CEU chassis is connected to earth
ground.  If a three-wire grounded mains source is not
available (which is the case, for example, in Japan and
some European countries), then the chassis must  be
earthed by an external connection between the rear-panel
chassis ground terminal and a reliable earth ground
point.

Since the ISO-Input works very well with "standard" au-
dio cables (again, so long as no pin is linked to the con-
nector shell)—and since cables wired as described here
will not be interchangeable with standard cables—it may
be more practical to use standard cables for portable sys-
tems.  In permanent installations, however, the benefits
of wiring the system as described here are substantial.

Fig 1.7d illustrates the cable wiring scheme to use when
the CEU is to be driven from a source having a trans-
former-coupled output.  (The transformer center tap may
or may not be present depending upon the design of the
source equipment—in any event, it is not used.)  The
ISO-Input is wired in a floating differential configuration
(sometimes called an "instrumentation input"). This fig-
ure shows the signal input pins may be used with no
change in gain.  The connection shown in the diagram
yields the best performance, however.

Notice that the cable shield is connected only to the shell

of the input connector, so RFI and static potentials in the
shield will drain directly to earth.  There is no ground
loop path, regardless of whether or not the signal com-
mon of the source is connected to earth.

Fig 1.7e shows how the same connection scheme may be
used for source equipment having a push-pull output (as
do all Meyer Sound electronic products).  The same ob-
servations apply to this figure as to Fig 1.7d.  The push-
pull output stage provides 6 dB greater drive than the
transformer output (all other factors being equal).  This
may be compensated for, if necessary, by dropping the
gain of the CEU.  Again, regardless of whether or not sig-
nal common of the source is connected to earth, there is
no ground loop path.

-

Chassis

Mains Earth

  3
 2
 1

3 
2 
1

Lift

+

Push-Pull Output Balanced Input

Signal Common
Chassis

Mains Earth
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1.7.1 Line Level Connections

Unbalanced Lines

When connecting unbalanced inputs using single-con-
ductor shielded cable, wire the connectors as shown in
Fig 1.7f. Notice that the shield is connected to pin 1, and
there is no connection between pin 1 and the shell.  In this
case, the connection between the signal common of the
source and earth provides the path by which RFI and
static potentials in the shield are drained to earth.  This
connection scheme may be used with any unbalanced
equipment that has a grounding AC plug (such as pro
mixers or tape recorders).

A different, and more optimal method for handling un-
balanced equipment is shown in Figure 1.7g. This treat-

Chassis
AC/DC
Power Supply

Chassis

Mains Earth

Shell

  3
 2
 1

+
C 

Unbalanced Output Balanced Input

Signal Common

Fig 1.7g

Achieving balanced performance with unbalanced
equipment.

Fig 1.7f

Unbalanced output stage connection, single-conductor
shielded cable.

ment is similar to that shown for balanced drivers, above,
and yields equivalent performance. Unbalanced equip-
ment that is battery-operated (or for other reasons floats
from earth) should be connected in this manner, so that
there is a path from the shield to earth. (This scheme is
particularly effective with battery-operated compact disc
players and other high quality, floating, unbalanced
equipment.)

Even if the signal ground of the source is connected to
earth, however, there still is no ground loop path. This
connection scheme can therefore be used for all unbal-
anced equipment. It will yield balanced performance,
since the shield is not connected at the source output.

Chassis

Mains Earth

Chassis

Mains Earth

Shell

  3
 2
 1

+ 

C 

Unbalanced Output Balanced Input

Signal Common

Building Blocks 1.7 Connections
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1.7.2 Speaker Cables

1.7 ConnectionsBuilding Blocks

Speaker Connectors Rack-panel In-line In-line Speaker
Female Male Female Female

Cannon EP-4 EP4-13 EP4-12 EP4-11 EP4-14
Cannon EP-5 (Europe) EP5-13 EP5-12 EP5-11 EP5-14
Pyle Natl. (MSL-5 & MSL-10A)
Pyle Natl. (MSL-3A) ZPLP-12-311SN ZRLK-1212-311PN ZPLK-1212-311SN ZRLP-12-311PN

Speaker
Pigtail

Speaker
Cable

Speaker
Cabinet

A B C D

The typical speaker connectors are Canon EP-type. The
four different types (male, female, inline and chassis) are
detailed below for reference, along with the Pyle Na-
tional used in the MSL-3A.

Fig 1.7h Speaker cable reference chart.
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16Ω

4Ω

8Ω

Speaker cables should be made of high-quality stranded
copper. For portable applications, flexible cable is essen-
tial.

One of the most pressing considerations in regard to
speaker cabling is the selection of the proper gauge. No
one wants to see the system's power used to warm up the
cables. On the other hand, thick cable is costly and heavy,
and adds to installation and travel related costs.

There are three primary factors that determine the
amount of power lost in cable runs: length, load and
gauge (wire thickness).

16Ω

4Ω

8Ω

Most references to cable loss refer to the amount of
power loss in watts or percentage of the signal. Losing
250 watts may sound like a terrible waste but is actually
only 1 dB in the case of a 1200 watt power amplifier. The
reference charts on this page show the losses directly in
dB for different length cable runs for 4, 8 and 16Ω loads
respectively.

For example, refer to Fig. 1.7.i. You will find that a 14
AWG cable run will lose 3 dB when loaded to 4Ω at a
length of 300 feet (91 meters).

These charts can be used in conjunction with tables 1.7l
and 1.7m, which include the load impedance for each
speaker model.

The proportion of power lost in the cable will
increase:

• As the cable length increases.

• As the load impedance decreases.

• As the wire diameter decreases.

1.7.2 Speaker Cabling

Building Blocks 1.7 Connections

Fig. 1.7.i  Cable loss over distance for 14 AWG
(1.6 mm).

Fig. 1.7.j Cable loss over distance for 12 AWG
 (2.0 mm).

Fig. 1.7.k Cable loss over distance for 14 AWG
(2.5 mm).

16Ω

4Ω

8Ω

14 AWG (1.6 mm)

12 AWG (2.0 mm)

10 AWG (2.5 mm)

Length (ft.)

L
o

s
s

 
(d

B
)

0

1

2

3

4

5

0 1 0 0 2 0 0 3 0 0 4 0 0 5 0 0

Length (ft.)

L
o

s
s

 
(d

B
)

0

0.5

1

1 .5

2

2 .5

3

3 .5

0 1 0 0 2 0 0 3 0 0 4 0 0 5 0 0

Length (ft.)

L
o

s
s

 
(d

B
)

0

0.5

1

1 .5

2

2 .5

0 1 0 0 2 0 0 3 0 0 4 0 0 5 0 0



© Meyer Sound 1998 55

Meyer Sound Design Reference

Table 1.7l

Speaker Wiring Reference (A).

Table 1.7l is designed to provide the user
with the information required to properly
wire and verify amplifier racks and
speaker cables. Included is information on
the pigtail (see next page), connector type
standard wire color codes, pin designa-
tions and load impedance.

Please note the following: the nominal
load column denotes the load on a par-
ticular wire pair and can be used for the
cable loss charts on the previous page. In
cases where the drivers are run in parallel
(such as the 650-R2) the total load imped-
ance of the cabinet is 4Ω but the indi-
vidual cable runs are 8Ω each.

1.7.3 Speaker System Standard Cable Reference

1.7 ConnectionsBuilding Blocks

Speaker Wiring Chart
Product Connector Pigtail Pin # Color Function Nominal Load (Ohms)
MSL-10A Pyle Natl. 1 Black Low 1&2+

2 White Low 1&2- 4 Ω
3 Red Low 3&4+ 4 Ω
4 Green Low 3&4-
5 Orange High+ 4 Ω
6 Blue High-
7 N/C

MSL-5 Pyle Natl. 1 Black Low- 4 Ω
2 Red Low+
3 N/C
4 Green High- 4 Ω
5 White High+
6 N/C
7 N/C

MSL-5 EP-4, EP-5 Full-Range 1 Red Low+ 4 Ω
2 Black Low-
3 Green High- 4 Ω
4 White High+
5 N/C

MSL-3A Pyle Natl. 1 Black Low- 4 Ω
2 Red Low+
3 N/C
4 Green High- 12 Ω
5 White High+
6 N/C
7 N/C

MSL-3A EP-4, EP-5 Full-Range 1 Red Low+ 4 Ω
2 Black Low-
3 Green High- 12 Ω
4 White High+
5 N/C

MSL-2A EP-4, EP-5 Full-Range 1 Red Low+ 8 Ω
USM-1 2 Black Low-

3 Green High- 12 Ω
4 White High+
5 N/C

UP-1C EP-4, EP-5 Full-Range 1 Red Low+ 8 Ω
UM-1C 2 Black Low-
UPA-2 3 Green High- 12 Ω

4 White High+
5 N/C

650-R2 EP-4, EP-5 Subwoofer 1 Black Low 2- 8 Ω
USW-1 2 Black Low 1- 8 Ω       4 Ω
DS-2 3 Red Low 1+

4 Red Low 2+
5 N/C

MSW-2 EP-4, EP-5 Subwoofer 1 Black Low-
2 N/C                 8 Ω
3 N/C
4 Red Low+
5 N/C

HF-3 EP-4, EP-5 Full-Range 1 N/C
2 N/C
3 Green High- 12 Ω
4 White High+
5 N/C

EP-4

EP-5

PYLE NATIONAL
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Table 1.7m is designed to provide the
user with the information required to
properly wire and verify amplifier racks
and speaker cables. Included is informa-
tion on the pigtail (see below), connector
type standard wire color codes, pin desig-
nations and load impedance.

Please note the following: Speaker models
UPM-1J, UPM-2J, MPS-355J and MPS-305J
are a special pinout for Japan.

Table 1.7m Speaker Wiring Reference (B).

1.7.4 Speaker Pigtails

The output connectors for most power amplifiers are
five-way binding posts, commonly known as "banana
plugs".  The connection to the speaker cable is accom-
plished by a "pigtail" adaptor, which has banana plugs
on one end and the EP type connector on the other. There
are two different types of pigtail configurations: Full-
range (for biamplified systems) and subwoofer. The pig-

Table 1.7n Pigtail Wiring Reference.

Product Banana Plug Wire Color Connector  EP Pin # Function Nominal Load (Total)
Full Range Black-  (Gnd) Red EP-4, EP-5 1 Low+ 8 Ω
Pigtail Black + Black 2 Low-

Red- (Gnd) Green 3 High- 12 Ω
Red + White 4 High+

5 N/C
Subwoofer Black - (Gnd) Black EP-4, EP-5 1 Low 2- 8 Ω
Pigtail Black - (Gnd) Black 2 Low 1- 8 Ω 4 Ω

Black + Red 3 Low 1+
Black + Red 4 Low 2+

5 N/C

tails are designed so that, in the event of an inadvertent
mispatch, no signal will flow through the speakers. This
prevents potential damage to HF drivers if hooked up to
a subwoofer feed.

Table 1.7n contains complete pinout information on the
pigtails.

1.7.3 Speaker System Standard Cable Reference

1.7 ConnectionsBuilding Blocks

MST-1 EP-4, EP-5 Full-Range 1 N/C
2 N/C
3 Green High- 4 Ω
4 White High+
5 N/C

UPM-1 EP-4, EP-5 Full-Range 1 N/C
2 N/C
3 Black  - 16 Ω
4 Red  +
5 N/C

UPM-1 XLR 1 Black  -
MPS-355 2 Red  + 16 Ω

3 Red  +
UPM-1J XLR 1 N/C
MPS-355J 2 Red  + 16 Ω

3 Black  -
MPS-305 XLR 1 Black  -

2 Red  + 8 Ω
3 Red  +

MPS-305J XLR 1 N/C
2 Red  + 8 Ω
3 Black  -

MPS-355 Speak-on 1 Black  -
2 N/C 16 Ω
3 Red  +
4 N/C

MPS-305 Speak-on 1 Black  -
2 N/C 8 Ω
3 Red  +
4 N/C

Speaker Wiring Chart
Product Connector Pigtail Pin # Color Function Nominal Load (Ohms)

(Ohms)
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1.8.1 Speaker Power Ratings

Maximum SPL Ratings

Meyer Sound speaker maximum SPL ratings are derived
from measurements taken on-axis using the Bruel &
Kjaer 2209 Sound Level Meter with a 4133 half-inch cap-
sule. The 2209 is calibrated using the Bruel & Kjaer cali-
brator before each measurement cycle.

The Meyer Sound measurements series, TechNotes, use a
full bandwidth pink noise input and the SPL meter set to
the linear response setting.

The data sheets for the various products differ in that the
input signal is "A," weighted pink noise.

Sensitivity

We are often asked by users about the sensitivity rating
of our speaker systems. A sensitivity rating denotes the
SPL at a given distance generated by the speaker for a
given input power. This is typically 1 watt input mea-
sured at  a distance of one meter. Much has been made in
the past about the fact that a given model of speaker may
be a few dB more sensitive than another. However, the
sensitivity rating gives no indication that one speaker has
a higher maximum SPL rating than the other. This speci-
fication has some use when working at a component
level with standard loudspeakers, but when applied to
an integrated system, it falls short. We are, of course, con-
cerned that the speaker system be efficient, so that we
can make best use of our power amplifier resources.

There are two factors that Meyer is concerned
with regarding sensitivity:

• What is the maximum SPL capability of the
speaker?

• How much power is required to achieve it?

For example, the UPA-1C is rated at 125 dB SPL at one
meter when driven with a 250 watt/8Ω amplifier. This
gives you all the information you need in order to ascer-
tain the power amplifier needs and costs. If, for some rea-
son, you need to specify sensitivity, it can be approxi-
mated by prorating the above specifications down to 1
watt.

Maximum dB SPL – ( 10 log Power amp rating in watts)

For our UPA-1C example:

125 dB SPL – (10 log 250 watts)

125 dB SPL – (24 dB) = 101 dB 1 watt/1 meter

Bear in mind that this rating is for two power amplifier
channels.

1m

Fig 1.8a

Maximum SPL measurement technique.

All maximum SPL measurements are made in half-space
conditions. The distance at which the measurements are
conducted varies depending upon the focal distance of
the system. The data is then scaled as appropriate to ob-
tain a one meter rating. The exception is the MSL-5 and
MSL-10A which are rated for 100 feet (thirty meters). For
two-way systems, the mic is usually aligned to the point
between the HF and LF drivers.

Building Blocks 1.8 Speakers
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All coverage angle specifications are referred to the on-
axis point for single speakers, and between the splayed
cabinets for arrays. The TechNote™ series gives specific
ranges of frequencies for which the published number
represents the average coverage angle. The data sheets
vary on this point and generally describe the high fre-
quency range only (for full-range systems), and therefore
tend to show a narrower angle than TechNotes would.

1.8.3 Coverage Angle Specifications

TechNote Measurement of Single Speakers

TechNotes measurements were made by utilizing the
multiple microphone capability of SIM System II. The
mics were placed in an arc around the speaker and re-
sponse was compared to that of the on-axis position. The
position where the average response reached (–6dB com-
pared to the on-axis response) was designated as the
edge of the coverage angle. For single speakers, the focal
point is considered to be approximately the throat of the
HF horn. For layout purposes this should be considered
as the origin. The accuracy of TechNotes coverage angle speci-
fications is estimated to be ± 10 degrees

Horizontal

The horizontal pattern of all Meyer speakers is symmetri-
cal between left and right sides. Therefore only a single
side was measured. The stated pattern was 2x the cover-
age angle for one side.

Vertical

The measurements were conducted as above with the ex-
ception of the fact that both negative (below horn axis)
and positive (above horn axis) reading were done for the
vertical patterns. The stated coverage angle is the differ-
ence between the two points.

Fig 1.8d

Horizontal coverage for individual speakers as mea-
sured for TechNotes™.

-6 dB

0 dB100°

2 or 4m

-6 dB

-6 dB

90° 0 dB

2 or 4m

Fig 1.8e

Vertical coverage for individual speakers as measured
for TechNotes™.

Building Blocks 1.8 Speakers

TechNotes specifications:

Speaker Range

UPA-1C 125 Hz to 8 kHz

MSL-2A 125 Hz to 8 kHz

MSL-3A 125 Hz to 8 kHz

DS-2 60 Hz to 160 Hz
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Fig 1.8g

Vertical coverage for speaker arrays as measured for
TechNotes™.

TechNote Measurement of Speaker Arrays

Array measurements were conducted as measurements
of the single speakers. For arrays, the focal point is con-
sidered to be approximately the geometric origin of the
virtual point source created by the array. This point is
typically some distance behind the speaker array, and
varies for different angles and quantities. For layout pur-
poses this point should be considered as the origin (not
the throat of a single HF driver). Ideally,  the measure-
ments would have been conducted in a free field setting
and the actual doubling distance ascertained for each ar-
ray configuration to obtain a true acoustic source. Unfor-
tunately, this was beyond the scope of the TechNotes
measurements. In case you were wondering why we
would use the multiple microphones instead of a single
mic and turn-table, imagine a table large enough to rotate
six MSL-3As off center. It’s too bad there are none of
those locomotive turntables left!

The accuracy of TechNotes coverage angle specifications is esti-
mated to be ± 10 degrees.

Horizontal

The horizontal pattern of all Meyer speakers is symmetri-
cal between left and right sides. Therefore, only a single
side was measured. The stated pattern was 2x the cover-
age angle for one side.

Vertical

The measurements were conducted as above with the ex-
ception of the fact that both negative (below horn axis)
and positive (above horn axis) readings were done for
the vertical patterns. The stated coverage angle is the dif-
ference between the two points.

Fig 1.8f

Horizontal coverage for speaker arrays as measured for
TechNotes™.

Building Blocks 1.8 Speakers

-6 dB

0 dB80°

4m (typical) -6 dB

0 dB100°

4m (typical)

2-8 meters

2-8 meters

1.8.3 Coverage Angle Specifications
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All enclosures with HF drivers contain an internal net-
work that provides various functions.

1.8.4 Internal Networks

Building Blocks 1.8 Speakers

Fig 1.8h UPA-1C response with Y1P-D network.

Y1P-D Jumper set "flat" (As shipped)

The internal networks:

• Provide DC protection for the HF driver.

• Protect against LF signals generated by
intermodulation distortion.

• Protect the HF driver in cases where the HF and
LF amplifier feeds have been swapped.

• Provide optional frequency response modifica-
tion.

Y1P-D Jumper set to "peak"

Each model of HF driver has its own unique internal net-
work to optimize its response. Upgrade versions of driv-
ers often require a corresponding network change. The
HF driver for the UPA has had four different driver/net-
work iterations.

Driver Network

1401 Y-1P

1401A Y-1PB

1401B Y-1PC (for UPA-1B speaker)

1401B Y-1PD (for UPA-1C speaker)

More information on this subject can be found in
the driver cross reference chart in Section 6, Revi-
sion History.
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1.8.5 Driver Components

All Meyer Sound driver components are exclusively
manufactured by Meyer Sound. Most of these are, in all
aspects, proprietary designs. Other driver components
are remanufactured from units originally built by outside
vendors. All components are carefully designed, manu-
factured and rigorously tested.

The grading process routes the drivers into the enclo-
sures where they will provide optimal performance. For
example, the MS-15 (fifteen-inch LF driver) is used in
both the MSL-2A and USW-1 systems. The MS-15 for
MSL-2A requires a high degree of linearity from 40 Hz
through the midband, whereas the USW-1 only needs to
reach 100 Hz. The MS-15 for the MSL-2A is graded "Sil-
ver."

Every component of every loudspeaker manufactured by
Meyer Sound is analyzed to verify that its frequency re-
sponse, phase response and distortion characteristics fall
within our specifications. There are no exceptions.

Component modifications include:

• Ferrofluid™ injection to
prevent coil overheating.

• Adhesive overhaul to improve
immunity to heat and
acceleration.

• Compliance modification to
decrease distortion and extend
mechanical life.

• Weather resistance to improve
immunity to moisture.

Component testing includes:

• Overnight burn-in.

• Flux density analysis.

• Driver polarity verification.

• Frequency response analysis.

• Phase response analysis.

• Distortion analysis.

• Free air resonance verification.

An important note regarding
remanufactured components:!

Meyer Sound remanufactures HF driver compo-
nents originally manufactured by Yamaha (MS-
1401A)  and JBL (MS-2001A). If you examine
these drivers you will plainly see the identifica-
tion marks of these companies. Do not be con-
fused. The end product is not compatible with these
original parts and can not be substituted. These units
are customized by Meyer Sound to achieve
greatly improved performance and reliability.

Note:  The M1 Driver is built on site in Berkeley, CA.
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1.8.6 Rigging Options

Building Blocks 1.8 Speakers

Fig 1.8i

Rigging points load distribution.

Ring and Stud

The ring and stud system was developed for the aircraft
industry. The ring has a safe working load of 600 pounds
(272 kilograms) and is the limiting factor in the load lim-
its for cabinets larger than the UPA. The 600 pounds (272
kilograms) is based on a straight vertical pull. If the cabi-
net is angled, the working load is derated slightly. When
angling cabinets, it should be further noted that the
weight is shifted unevenly across the points and can
eventually cause the full load to be borne by a single
point. It is for this reason that all enclosure working load
limits are specified under the assumption that a single
point can bear the full load with a 5:1 margin above the
breaking point.

Stud

While the stud is rated higher than the ring for a straight
vertical pull, it derates rapidly when pulled at an angle.
For this reason the stud is less common.

Nut Plate

The standard Meyer nut plate is not "rated" for a safe
working load. The Meyer nut plate should only be used
to suspend the cabinet to which it is attached with no ad-
ditional load. The nut plate is usually available only on
cabinets weighing less than 100 pounds (46 kilograms).

MSL-5 and MSL-6

The MSL-5 and MSL-6 utilize a new triangular welded
"ring" that is rated for 2000 pounds (920 kilograms) safe
working load. The MSL-5 and MSL-6 are cases where the
enclosure strength is less than the rigging point, giving
them a net safe working load of 1500 pounds (681 kilo-
grams).

MSL-10

The MSL-10 is primarily designed for permanent installa-
tion. As a result, the rigging fixtures are essentially holes
in one-quarter-inch steel. The rigging is done with steel
plates and bolts and shackles. The rigging for the MSL-10
is thoroughly described in its operating instructions.

The rigging points on the top of the
uppermost cabinet must be capable
of supporting the full weight of all of
the cabinets below it.

The rear point will bear the ma-
jority of the load of this cabinet
and the one below it due to the
angling of the cabinets. As the
angle increases the load shifts
more and more to the rear point.

Do Meyer Speakers always require external
rigging frames?

No. The commercially available frames are not
required to simply hang a single speaker or col-
umn. The speaker can be hung directly from the
standard rigging fixtures. Additional speakers
can be underhung and their angle adjusted by
the length of the front and back fittings that join
the top and bottom cabinets.

The commercially available frames are useful
when constructing horizontal point source ar-
rays. The function of the frames is to fix the hori-
zontal splay angles between rows of speakers.
Additional rows can then be underhung.
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Working load limits  are rated at one-fifth (1/5th) of the minimum breaking strength. Unless otherwise specified all
ratings are based on a straight tensile pull. Load directions other than straight can result in a significant reduction in
breaking strength. All ratings are for products in new condition. Age, wear or damage to the product can greatly re-
duce its rating. All speaker enclosures and rigging fixtures must be inspected on a regular basis. All worn, deformed
or damaged enclosures or rigging equipment should immediately be removed from service and replaced.

All Meyer speakers must be used in accordance with local state and federal, and industry regulations.

It is the owner's and/or user's responsibility to evaluate the suitability of any rigging method and product for
their particular application. All rigging should be done by competent professionals.

!

1.8.6 Rigging Options

Building Blocks 1.8 Speakers

Speaker Rigging Weight Safe Working Max Units Example Safe Hang

Load Deep Row 1 Row 2 Row 3 Row 4
MSL-10A 8 points, 3/4" rigging holes 700 lbs. 1700 lbs. 2 MSL-10A MSL-10A MSL-4

in steel cradle (318 kg.) (772 kg.) MSL-10A
MSL-6 12 points, pivoting lift rings, 510 lbs. 1500 lbs. 3 MSL-6 MSL-6 2x DS-2P

1500 lb. safe load capacity (232 kg.) (681 kg.) MSL-6 2x DS-2P MSL-4 CQ-2
MSL-5 12 points, pivoting lift rings, 500 lbs. 1500 lbs. 3 MSL-5 MSL-5 2x DS-2

1500 lb. safe load capacity (227 kg.) (681 kg.) MSL-5 2x DS-2 MSL-4 MSL-2A
MSL-4 Aircraft pan fittings 180 lbs. 600 lbs. 3 MSL-4 MSL-4 CQ-2

or M10 x 1.5 nut plates (82 kg.) (272 kg.) MSL-4 DS-2P CQ-2 CQ-1
MSL-3A Aircraft pan fittings 241 lbs. 600 lbs. 2 MSL-3A MSL-3A MSL-2A

(109.3 kg.) (272 kg.) MSL-3 DS-2 MSL-2A
MTS-4 Aircraft pan fittings 280 lbs. 600 lbs. 2 MTS-4 MTS-4

or Blank Plates (127 kg) (272 kg.) MTS-4 MSL-2A
CQ-1 Aircraft pan fittings, 130 lbs. 600 lbs. 4 CQ-1 CQ-1 UPL-1

3/8"-16 or M-10 nut plates, (58.6 kg.) (272 kg.) CQ-1 UPA-1C
CQ-2 Aircraft pan fittings, 130 lbs. 600 lbs. 4 CQ-2 CQ-2 CQ-1

3/8"-16 or M-10 nut plates, (58.6 kg.) (272 kg.) CQ-2 CQ-1 UPL-1
MSL-2A Aircraft pan fittings, 3/8"-16 82 lbs. 420 lbs. 5 MSL-2A MSL-2A UPA-1C

or M10 x 1.5 nut plates (37 kg.) (191 kg.) MSL-2A MSW-2 MSL-2A
USM-1 Aircraft pan fittings or 3/8"-16 82 lbs. 420 lbs. 5 USM-1

or M10 x 1.5 nut plates (37.3 kg.) (191 kg.)

UM-1C Aircraft pan fittings or 3/8"- 67 lbs. 420 lbs. 6 UM-1C

16 nut plates (30.4 kg.) (191 kg.)
UPA-1C Aircraft pan fittings or 3/8"- 67 lbs. 420 lbs. 6 UPA-1C UPA-1C

16 nut plates 81.675 (191 kg.) UPA-1C UPL-1
UPA-2C Aircraft pan fittings or 3/8"- 67 lbs. 420 lbs. 6 UPA-2C

16 nut plates (30.4 kg.) (191 kg.)
UPL-2 3/8 "-16 nut plates 70 lbs. * 1

(32 kg.) *
UPL-1 3/8 "-16 nut plates 70 lbs. * 1

(32 kg.) *
UPM-1 3/8 "-16 nut plates 16 lbs. * 1 UPM-1

(7.3 kg.) *
UPM-2 3/8 "-16 nut plates 16 lbs. * 1 UPM-2

(7.3 kg.) *
MPS-355 3/8 "-16 nut plates 6.6 lbs. * 1 MPS-355

( 3 kg.) *
MPS-305 3/8 "-16 nut plates 11 lbs. * 1 MPS-305

( 5 kg.) *
DS-2 Aircraft pan fittings 250 lbs. 600 lbs. 2 DS-2 MSL-3A MSL-2A

(113.6 kg.) (272 kg.) DS-2 MSL-3A UPA-1C
DS-2P Aircraft pan fittings 243 lbs. 600 lbs. 2 DS-2P MSL-4 CQ-2

(110 kg) (272 kg.)
PSW-4 Aircraft pan fittings, 205 lbs. 600 lbs. 2 PSW-4 MTS-4 CQ-1

3/8"-16 or M-10 nut plates, (93 kg) (272 kg.)
USW-1 Aircraft pan fittings or 3/8"-16 115 lbs. 420 lbs. 3 USW-1

 or M-10 nut plates (52.2 kg.) (191 kg.)
MSW-2 Aircraft pan fittings or 3/8"-16 66 lbs. 420 lbs. 6 MSW-2 MSL-2A MSL-2A

or M-10 nut plates (30 kg.) (191 kg.) MSW-2 UPA-1C UPA-1C
650-P N/A 201 lbs. No Points 650-P

(91.3kg)
650-R2 N/A 176 lbs. No Points 650-R2

(79.8 kg.)
HF-3 Aircraft pan fittings or 3/8"-16 50 lbs. 420 lbs. 8 HF-3 MSL-2A

or M-10 nut plates (22.7 kg.) (191 kg.) MSL-3A MSL-3A
MST-1 N/A 17 lbs. No Points

(7.7 kg.)

* Rigging for these units is intended for single-cabinet use only.

* Rigging for these units is intended for single-cabinet use only.

* Rigging for these units is intended for single-cabinet use only.

* Rigging for these units is intended for single-cabinet use only.

* Rigging for these units is intended for single-cabinet use only.

* Rigging for these units is intended for single-cabinet use only.
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1.8.7 Weather Protect Option

The weather protection option for sound reinforcement
products consists of loudspeaker cabinet, hardware and
driver treatments which greatly enhance reliability in
outdoor installations.

Designed to protect the cabinet and speaker components
from inclement conditions, these treatments retard mois-
ture intrusion and increase the physical strength of the
cabinet joints. Electrical terminals and hardware are
plated to resist corrosion, and a weather-resistant paint
finish allows for expansion or contraction of the wood
without cracking.

The Weather Protection Option is available for the Meyer
Sound UPA-1A, UPA-2C, UM-1A, MSL-2A, MSL-3A,
MSL-5 650-R2 and USW-1. Self-powered products with
the weatherproof option include the CQ-1, CQ-2, MSL-4,
MSL-6, PSW-2, PSW-4, and 650-P

Weather Protect Specifications

Enclosure
Treatment Epoxy sealant impregnation
Bonding Structural epoxy glues
Hardware Stainless steel
Finish Flexible exterior-grade coating

Rigging
Treatment Sealed to prevent moisture penetration
Finish Powder coated to resist corrosion
Interior Bracket Treatment Finished to resist corrosion

Grill Powder coated punched metal screen with
acoustically transparent foam inside and out

Transducers
High Frequency Electrical terminals plated to resist corrosion
Low Frequency Electrical terminals plated to resist corrosion

Cone impregnated to resist moisture

Connector Electrical terminals gold plated

Self-Powered Optional rain hood attachment

1.8 SpeakersBuilding Blocks 1.10 Measurement
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1.9.1 Measurement Tools: Microphones

1.9 MeasurementBuilding Blocks

The analysis of loudspeaker systems requires a high-
quality measurement microphone with flat frequency
and phase response and low distortion. Acoustical test-
ing at Meyer Sound is performed almost exclusively with
calibrated microphones manufactured by Bruel & Kjaer
(B&K) of Denmark, the worldwide leader in such prod-
ucts. A variety of models are used, with the most com-
mon being the Model 4133, an omnidirectional, "free-
field" type.

Omnidirectional microphones are preferred for their lin-
ear response and freedom from the "proximity effect" of
cardioid microphones. Proximity effect is the tendency of
cardioid microphones to boost the low frequency re-
sponse as the sound source approaches the microphone.
This makes them impractical for measurement because
the source distance would have to be factored into the
analysis of the frequency response.

Free-field calibrated mics are used because their response
is representative of the human ear's perception of a co-
herent sound source. This is in contrast to "random inci-
dence" types used for measuring random noise.1

Field Measurement

The B&K 4007, also an omnidirectional "free-field" type,
is a 3-pin XLR type, 48 volt phantom powered model
which is quite practical for field use. This makes the 4007
the preferred choice for alignment of systems using SIM
System II in studios and concert halls. The Multichannel
version of SIM utilizes large quantities of 4007s. Because
of the need for matched sensitivity between microphones
B&K has created a "SIM selected" version of the 4007.
Meyer Sound has published the criteria for SIM measure-
ment microphones, which is available on request.

Cardioid Mic Measurements

The most popular measurement microphones for align-
ing sound reinforcement systems are hand held vocal mi-
crophones with the test signal of "Test 1, 2" directly
coupled to its input in various styles and languages. The
frequency response of the most popular of these micro-
phones is shown in Fig 1.9b.

Fig 1.9b Frequency response of the industry standard vocal microphone, complete with prox-
imity effect, presence peak and 20 dB loss at 16 kHz. Note the amplitude scale is 6 dB/division in

contrast to the 2 dB/division of the above screen (Fig 1.9a).

Fig 1.9a Frequency response of a typical Bruel & Kjaer Model 4007 microphone, compared to
that of an alternative omnidirectional measurement mic suitable for multichannel sound rein-

forcement analysis.

1  Free-field mics are to be pointed at the sound source where
a random (pressure mic) has been oriented 90° to the source.
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Real-Time Analyzers (RTAs) are the most common form
of frequency response measurement in the sound rein-
forcement industry, and can be found at the mix console
of virtually any concert. It seems, however, that the RTA
is only reluctantly embraced by most mix engineers. On
one hand, the RTA is always present, on the other, its
readings are only given marginal credibility, and virtu-
ally no one sets up a system so that it conforms exactly to
the RTA's readings (at least not more than once). One of
the side effects of this, unfortunately, is that it creates a
general distrust for frequency analyzers.

RTAs were originally developed in the 1960s as a simpli-
fied method of measuring sound systems. The previous
technique of sinewave sweeps generated frequency re-
sponse charts that were relatively high in resolution, and
therefore not visually acceptable since they showed lots
of peaks and dips. This method was slow and tedious
and it was difficult to create an inverse filter set for the
displayed response. Real-time analysis was developed
around a parallel set of 1/3-octave-spaced filters. This led
to the later development of 1/3-octave equalizers with
the same ISO standard center frequencies. Systems could
be equalized by simply adjusting the filters to create the
desired response for the system. There is one thing that
cannot be denied about equalizing by this method. It is
the easiest method conceivable. You can teach anyone to
do it. Modern technology can and does automate the pro-
cess. Unfortunately, real sound systems are not that
simple. What is it that the RTA is missing?

1.9 MeasurementBuilding Blocks

1.9.2 Real-Time Analyzer (RTA)

When using an RTA the following cautions apply:

1) Frequency Resolution
The frequency resolution of 1/3-octave is too low to
see peaks and dips that are easily audible. Problems
that are obvious to the listener may occur at fre-
quencies that do not conform to the ISO standard
center frequencies and are missed by the analyzer.
Unfortunately, all of the factors that cause correct-
able deviations in an installed loudspeaker's fre-
quency response manifest themselves as linearly
spaced comb-filtering, which the RTA is ideally suited
to ignore.

2) Phase Response
The RTA has no ability to measure phase. This pre-
cludes the RTA from providing critical information
regarding the interaction of speakers, the alignment
of crossovers and delay lines. Without knowledge
of the phase response, combining speakers is, at
best, an educated guess.

3) Signal to Noise Ratio
The RTA gives no indication as to whether the dis-
played response is derived from the sound system
under test or from contamination. This leads to the
common practice of voicing systems at ear-splitting
levels in an attempt to suppress the potential for
contamination. The side effect of this, though, is
that distortion and compression are then factored
into the analysis, giving erroneous readings.

4) Temporal Discrimination
The RTA has no ability to discriminate between the
direct sound, early reflections and late arrivals.
Large bodies of research show the human ear's dis-
crimination toward the direct sound and early re-
flections in characterizing the response of a signal.
The RTA, by contrast, displays the summation of all
the energy integrated over its display rate time con-
stant (typically 250 ms or more) with no knowledge
of whether the signal at the measurement mic ever
passed through the system equalizer and, if so,
when.

Fig 1.9c The phase response display of an RTA (really).
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1.9.2 Real-Time Analyzer (RTA)

1.9 MeasurementBuilding Blocks

(1) High resolution view of comb filtering (1ms delay).

With a resolution of 1/24-octave, we can clearly see the
frequency response ripple caused by the comb filtering.
If we are to propose solutions for such problems (and
this is a problem!) we must first be able to see it. At this
resolution we can see that equalization would be a poor
solution since it would require hundreds of filters.

(2) Low resolution view of the same system as above.

At the decreased resolution of 1/3-octave, we have lost
sight of the magnitude of the problem. In the MF and HF
range there appears to be little problem. It also misrepre-
sents the problem as one that could be equalizable by a
moderate number of filters. Furthermore, note that this
trace is a 1/24-octave representation (242 frequency lines)
with 1/3-octave smoothing applied. An RTA has only
thirty-one bands and therefore would be coarser than this.

(3) High-resolution view after acoustic absorption.

This is a view of the same system as above after the
ripple in the HF range has been dampened by reducing
the HF content of the echo as would be done by placing
absorptive materials on a surface.

Notice the similarity between this trace (3) and (2). In
this case, however, the response of the system has been
dampened acoustically, opening the way towards
equalization of the remaining ripple.

At this decreased resolution, we have lost sight of the
magnitude of the problem. In the MF and HF range
there appears to be little problem. It also misrepresents
the problem as one that would be equalizable by a
moderate number of filters.

Fig 1.9d A comparison of high and low resolution for frequency response measurements.

(3)

(1)

(2)

S/N ratio trace indicates problem.

No S/N ratio trace. No hint of problem.

Deep comb filtering is
seen in high resolution.

Comb filtering is glossed over in
1/3-octave resolution.

S/N ratio trace shows that problem is reduced

Actual reduction of comb filtering can be seen in
1/24-octave resolution. Not glossed over.
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1.9.3 Phase Poppers

1.9 MeasurementBuilding Blocks

The limitations inherent to the RTA (see Section 1.9.3) led
to the development of tools intended to verify the polar-
ity of system components. These tools are marketed un-
der a variety of names and are generally referred to as
"phase poppers." The name springs from the pulse sound
emitted from the sender module and the resulting polar-
ity indication at the companion receiver device. This un-
derscores the general misunderstanding regarding the
concepts of polarity and phase.

Phase poppers attempts to discern the polarity of a given
device by analyzing the voltage orientation (+ or –) of the
received pulse in contrast to that emitted. Like the RTA,
these devices are simple to operate but again the results
are dubious.

Most phase poppers work under the assumption that the
device under test (DUT) has a flat frequency response
from DC to light. This works well for mic cables and mix-
ing desks and, for testing these items, the poppers are
quite reliable. However, when testing loudspeakers,
these assumptions are invalid due to the phase delay as-
sociated with band pass filtering, acoustical loading,
resonance and nonlinearity. Each speaker will have
unique characteristics in these regards.

Phase poppers tend to agree generally with the DC polar-
ity of speakers. DC polarity verification is of limited use
as discussed in sections 4.9 and 4.10. However, this does
not tell us anything about the polarity through crossover,
and therefore should not influence decision-making in
this regard. An example of the phase response at an
acoustical crossover is shown in Fig 1.9e. Notice that the
phase response of the individual components changes
over frequency. For what frequency range is the phase
popper response valid? Notice that at 1100 Hz both the
HF and LF phase responses are at 0°. However, by an oc-
tave above or below this they have moved to 180°. Can
your phase popper single out this relevant range? If not,
you may be misled.

A second example found in Section 4.10 is the crossover
between the MSL-2A and the MSW-2. The DC polarity
(and most likely the phase popper reading) would be
identical for the these two components. However, these
units are 180° apart over the majority of their overlap
range, and therefore would cancel substantially. The fact
that the MSW-2 should be reversed in this case would be
easily detected by even a modest frequency analyzer or
listening test.

If you are going to use a phase popper despite its
limitations:

• Do not bother checking any of the Meyer CEUs.
The phase correction circuitry in these units will
confuse the popper, giving erroneous and mislead-
ing results. The phase response of every Meyer
Sound CEU is calibrated and verified using FFT
analysis at the factory.

• Do not attempt to "pop" your system with mul-
tiple transducers driven at the same time. Indi-
vidual component polarity cannot be measured as
such.

• Do not attempt to "pop" your system through the
CEU for the same reasons as above.

• Conduct the tests at a moderate and consistent
level.

• Replicate, as close as possible, the measurement
conditions for each speaker.

• Disconnect the CEU outputs and drive the indi-
vidual amplifier channels. This will give the least
unreliable reading. Caution: The SpeakerSense cir-
cuit is no longer capable of protecting the drivers
under these conditions. Do not overdrive the sys-
tem.

• The reading on the popper may be green or red
depending on the polarity of your power amplifier.
What is important is that they are consistent.

• If you pop the speaker directly (no amplifier), all
Meyer Sound components should indicate a posi-
tive pressure for a positive voltage. This is usually
indicated by a green LED. The only exception to
this is the HF driver in the UPA-1B and UM-1B
which should read the opposite when operating
normally.

• If you choose to make changes based upon pop-
per readings, be sure to check the system's response
with an analyzer, or by ear, to verify that you have
indeed remedied a problem instead of creating one.
Techniques for this are described in Section 4.
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1.9.3 Phase Poppers

1.9 MeasurementBuilding Blocks

Phase response
of the individual
drivers changes
over frequency.

The key to cross-
over performance
is the relative
phase in the
crossover region.

Fig 1.9e The phase response of the acoustical crossover of the MSL-2A loudspeaker. Notice the speakers are "in
phase" through the crossover region, yet other regions are "out of phase." A simple “in phase” or “out of phase”
reading is not valid for such a system.

Fig 1.9f The phase responses of the UPA-1C and MSL-2A. The speakers are matched in phase throughout the HF
range. However, as the LF cutoff is approached the phase responses diverge. Which of these is “in phase” and
which is "out?" A phase popper could give conflicting results depending on which frequency range it reads. This
difference in phase response becomes critical when subwoofers are added to these systems.

Phase response
of the LF driver

MSL-2A

UPA

Phase responses
are together in the
HF region.Phase responses

diverge in the LF
region.
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1.9.4 Source Independent Measurement (SIM)

1.9 MeasurementBuilding Blocks

Meyer Sound's preferred measurement tool is SIM Sys-
tem II. This system was developed specifically to enable
audio professionals to get laboratory accuracy in a field
setting. SIM System II allows the engineer to see the sys-
tem status in great detail and point to real solutions. SIM
is a significant investment for any user. However, you
have to ask yourself, "How much is my sound system in-
vestment worth if it's not properly maintained and
aligned?"

SIM stands apart from conventional audio analyzers,
which focus primarily on the final acoustical response or
on individual components. Such analyzers, even high
power FFT analyzers developed for the aerospace indus-
try, are not well-suited for sound reinforcement work be-
cause the user is required to construct a complex inter-
face to access the system, or to spend time continually
repatching. You can imagine the look on the mixer's face
as you repatch your analyzer into the main system feeds
during a concert.

SIM integrates itself into the heart of a complex sound re-
inforcement system with a simple interface. It provides
data for the verification and alignment of the micro-
phones, mixing console, outboard gear, banks of equaliz-
ers, delay lines and speaker subsystem at various posi-
tions in the hall without repatching. Most of these opera-
tions can be done while the music is playing and with the
audience in place.

Because SIM is such a quantum leap forward from con-
ventional analysis practices, there are some misunder-
standings regarding its functions and capabilities. These
range from focusing on only a single aspect (typically us-
ing music as the test signal) to rampant exaggeration into
some kind of automated "Fix-your-PA-even-though-it's-
a-badly-designed-and-poorly-installed-magic-machine."

Let's set the record straight.

SIM System II:

• Is an analyzer capable of providing accurate high-
resolution data regarding the response of whole
sound systems and components.

• Analyzes frequency response, phase and S/N ratio
at 1/24-octave resolution and delay offset between
devices (or echoes) at an accuracy of ± 20 µs.

• Provides easy methods for accurate equalizer, de-
lay line and level setting.

• Displays the interaction between speakers so that
their effects can be minimized.

• Verifies polarity.

• Analyzes total harmonic distortion (THD).

• Uses music as the test signal.

• Displays the frequency response of the direct sig-
nal and early reflections.

• Can access up to sixty-four equalizers and micro-
phones without repatch.

•As with anything, requires a skilled operator to ob-
tain the best results.

SIM System II:

• Is not an automated equalization system.

• Does not advocate equalization as a solution for all
problems.

• Is not an acoustical prediction program.

• Does not continually change the system's re-
sponse.

• Is not just a program you can buy for your PC.

• Does not undo a mixer's equalization.

• Is not exclusive to Meyer speakers and equalizers.

• Does not remove all of the low end from a speaker
system.

®

Source Independent Measurement
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1.9.4 Source Independent Measurement (SIM)

1.9 MeasurementBuilding Blocks

Spectrum: This is the amplitude (dB) versus the fre-
quency response of the independently measured input
and output signals. This is the screen most recognizable
to users of RTAs (although it is 1/24-octave).1 As levels
rise, the traces move upward on the screen.

The spectrum screen can be used for distortion analysis,
maximum output level testing and noise floor analysis.

Amplitude level (dB)
relative to full scale at
the input.

Input spectrum.

Harmonic distortion
in the output signal.

Output spectrum.

Fig 1.9g Reading the spectrum screen.

1  One-sixth octave in spectrum mode.  See SIM Data Sheet.

Reading the Spectrum Screen
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1.9 MeasurementBuilding Blocks

Delayfinder: The delayfinder shows the transient re-
sponse of the system over time. This is the measured re-
sponse of the system calculated to appear as it would on
an oscilloscope (amplitude versus time) when excited by
a pulse. This trace shows the time offset between input
and output. The delayfinder trace is used to set delays,
identify echoes and characterize speaker interaction.

Direct sound from the
speaker arrives after
3.38 ms of propagation
time.

Time before speaker ar-
rival.

Lower screen shows
magnified response of
the center one-tenth of
the upper screen.

Echo arrives 1 ms after the
direct sound.

Reverberation

1.9.4 Source Independent Measurement (SIM)

Fig 1.9h Reading the delayfinder screen.

Reading the Delayfinder Screen
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S/N ratio: This corresponds to the amount of stability in
the measured system. If the relationship between the in-
put and output signals is not constant, this S/N ratio will
degrade. Anything that causes the input and output sig-
nals to decorrelate is considered noise. Some of the typi-
cal factors that degrade  the S/N ratio include thermal
noise, distortion, reverberation, compression and air han-
dling noise. Another mechanism for decreasing the S/N
ratio is the reduction of the signal by cancellation, such as
in the case of the interaction of reflections and multiple
speakers. The S/N ratio is expressed in dB.

Relative phase: This is the difference in phase (degrees)
over frequency between the input and output signals.
This corresponds to the amount time delay versus fre-
quency. A downward slope (from left to right) indicates
delay, while an upward slope indicates lead. When the
trace reaches the screen edge (±180°), it is redrawn at the
opposite edge.

LF and MF ranges are delayed behind the HF range. This
is seen by the downward phase angle. The response at
500 Hz lags behind that of 4 Khz by 2 ms. By 100 Hz it
has fallen back 6 ms. (Not a Meyer speaker!)

Wraparound of
phase trace that oc-
curs when the trace
reaches the screen
bottom (not an aber-
ration of the speaker
response).

1.9.4 Source Independent Measurement (SIM)

Building Blocks

Relative amplitude: This is the difference in level (dB)
versus frequency between the input and output signals.
Unity gain is at the screen center. Because this is a differ-
ential measurement, it can be made with any source sig-
nal (a Source Independent Measurement).

Fig 1.9i Reading the frequency response screen.

Relative amplitude.

Relative phase.

S/N ratio

Reading the Frequency Response System
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1.9.4 Source Independent Measurement (SIM)

1.9 MeasurementBuilding Blocks

Do We Need High Resolution Complex Analyzers?

The example responses shown in Figs 1.9j –1.9l will
clarify the need for high-resolution complex analysis.

Fig 1.9j (1) The importance of high-resolution amplitude complex measurements.

(1) A comparison of two speaker systems when dis-
played with low-resolution amplitude responses only.
The only substantial differences appear in the low-mid
region where response "B" has a peak, and the extreme
HF region where "B" has dropped off. There is nothing
shown here that would indicate that one of the two sys-
tems is utterly unintelligible and the other crystal clear.
There is also nothing shown that would indicate that an
equalizer would be totally incapable of correcting the
differences between them.

(2) This screen shows the  amplitude, phase and S/N ra-
tio of system "A" in 1/24-octave resolution. Notice that
the S/N ratio appears near the top of the screen at most
frequencies. Such areas have high intelligibility and a
high direct-to-reverberant sound ratio. The areas where
the S/N ratio dips down are frequencies where cancella-
tions have occurred due to echoes or interaction be-
tween speakers. The presence of these echoes  is con-
firmed by the phase  response.

(3) This screen shows the  amplitude, phase and S/N ra-
tio of system "B" in 1/24-octave resolution. Notice that
the S/N ratio appears near the middle of the screen
throughout virtually the entire MF and HF ranges. This
indicates that the system is unintelligible and has a low
direct-to-reverberant ratio. The overwhelming strength
of these echoes is confirmed by the phase response
which shows huge variations. The amplitude response
is so poor that most of the data has been blanked out
because the S/N ratio is too low to make an accurate cal-
culation. In actual fact, the data here comes from an
underbalcony listening area with no direct sound path
for the HF horn. The conclusion of all this is that differ-
ences that are obvious to our ears are not seen by con-
ventional low-resolution amplitude-only analyzers.
They are visible with SIM System II, enabling its op-
erator to make competent decisions.

1 Trace “B”

Trace “A”

Amplitude responses appear
well-matched except in the
160 Hz  and VHF ranges.

Yes. You already have two of them: Your ears. However,
you will benefit greatly by having additional objective in-
formation about a system. If you have a poor analyzer,
you will inevitably discard its information when it does
not fit the reality perceived by your ears.

Bear in mind that the human ear does not hear sound as
low-resolution amplitude only. It is obvious that we can
perceive the order of things (phase response) and the di-
rect-to-reverberant ratio as well as the amplitude re-
sponse. If your analyzer cannot discern between these,
you may be seriously misled.
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1.9.4 Source Independent Measurement (SIM)

1.9 MeasurementBuilding Blocks

Fig 1.9k (2) High resolution view of amplitude, phase and S/N ratio of speaker "A" alone.

Trace “A”

When viewed at high resolution, the amplitude response is smooth, indicating strong direct sound.

When viewed at high resolution, the phase re-
sponse is smooth, indicating low reverberation.

Fig 1.9l (3) High-resolution view of amplitude, phase and S/N ratio of speaker "B" alone.

Low S/N ratio indicates poor direct-to-reverberant ratio.
3

When viewed at high resolution, the amplitude response is very rough. Many areas blank due to low S/N ratio.

When viewed at high resolution, the phase response is very rough, indicating strong reverberation.

High S/N ratio indicates good direct-to-reverberant ratio.

Trace “B”

2
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v2.0 Lab

The simplest version of SIM System II is v2.0 Lab. This
version can be described as a dual channel Fast Fourier
Transform analyzer. This stands in contrast to the other
versions which are geared towards field alignment. The
v2.0 version utilizes a single DSP card and gives a single
transfer function. All connections are made to the front
panel. It is capable of either electronic or acoustic mea-
surement, using the internal generator or an external un-
known source.

v2.0 Standard Functions

• Spectrum response: Distortion analysis, maximum
output level, noise.

• Frequency response: Amplitude, phase, S/N ratio.

• Impulse response: Find delay offset.

• 1/24-octave frequency resolution.

• Capable of using unknown source for measure-
ment.

1.9.4 Source Independent Measurement (SIM)

1.9 MeasurementBuilding Blocks
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Fig 1.9m SIM 2201 sound analyzer.

Drawing by Ralph Jones
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There are a great variety of applications for v2.0. Below are a few samples.

v2.0 Lab Standard Applications

• Research: This is the central analysis tool
for the research and development of
Meyer Sound loudspeaker systems.

 • Manufacturing test: All HF driver pro-
duction testing and final loudspeaker
testing for Meyer Sound uses this ver-
sion.

• Rental stock test: v2.0 is used by rental
companies to verify the performance of
speakers and electronics before and af-
ter road use.

• Checkout of system components and
racks: v2.0 is used by rental companies
and installers to verify wiring and check
electronics prior to, and during, installa-
tion.

• Microphone testing: Used for viewing
the amplitude and phase response of
any microphone. Measure the axial re-
sponse of microphones to find the best
feedback rejection.
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1.9.4 Source Independent Measurement (SIM)

1.9 MeasurementBuilding Blocks

Fig 1.9n v2.0 lab hookup.

Drawing by Ralph Jones
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v2.3 Stereo Standard Applications

• Contains all v2.0 Lab standard applications.

• Recording studio monitor verification and align-
ment.

 •Stereo sound reinforcement system verification
and alignment.

• Multichannel sound system alignment. (Re-
patching is required.)

• Checkout of system components and racks: v2.0
is used by rental companies and installers to
verify wiring and check electronics prior to and
duriing installation.

• Microphone testing: Used to view the amplitude
and phase response of any microphone. Mea-
sure the axial response of microphones to find
the best feedback rejection.

v2.3 Stereo Standard Functions

• Contains all v2.0 Lab features.

• A procedure menu to guide the alignment process.

• Group view of room+speaker, equalizer and result
transfer functions for precise equalization.

• Time windowing that allows the analyzer to see the
frequency response as it is perceived, by allowing
the direct and early reflections. This is also the
range that will respond best to equalization.

• Delay setting procedure (takes under 5 seconds).

• Precise level setting (± .1 dB) at a frequency resolu-
tion of 1/24-octave.

• High immunity from outside noise allows analysis
at low sound levels and the accommodation of
people who need to work in the hall.

• S/N ratio function alerts operator when equaliza-
tion will not be an effective solution.

• Phase response function provides key data for the
alignment of crossovers.

• Storage and easy recall of 128 groups of data for
comparison.

• Silent equalization procedure for when a lighting
crew has to have total silence.

1.9.4 Source Independent Measurement (SIM)

1.9 MeasurementBuilding Blocks

v2.3 Stereo

The stereo version goes way beyond a simple analyzer.
This is an alignmnent system for audio systems that are
optimized for precise equalization, delay and level set-
ting. The hardware accomodates a stereo equalizer
through an interface snake and a single measurement
mic via the front panel. This system utilizes three DSP
cards to measure the room+speaker, equalizer and result
transfer functions simultaneously, allowing the user to
precisely create the inverse response of the room on the
equalizer. This is the easiest and most accurate method of
EQ setting in the world.

There are a great variety of applications for v2.3 Stereo.
Below are a few samples:
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1.9.4 Source Independent Measurement (SIM)

1.9 MeasurementBuilding Blocks

S/N ratio

Amplitude

The EQ trace is actu-
ally inverted (1/EQ).
Equalization is done
by creating a 1/EQ
trace that matches the
response of the
room+speaker trace.

S/N ratio

Amplitude

CP-10
Parametric
Equalizer

Loudspeaker in Room
with Measurement

Microphone

(A)
Input

(B)
Output

(C)
Mic

Music
Input

Signal

EQ Room + Speaker

Result

Excitation Correction Object of Measurement

The stereo (v2.3)and multichannel
(v2.3m) versions of SIM System II
measure three simultaneous transfer
functions: room+speaker (the origi-
nal response of the speaker in the
space), the equalizer, and the result
(the response of the speaker system
and equalizer combined). The con-
nections for this are shown in Fig
1.9p. This unique function is utilized
in the "group view" screen shown
below. The user equalizes the system
by creating a complement to the
room+speaker system. This process
can be further eased by visually in-
verting the equalizer trace (1/EQ)
and simply matching the response of
the room+speaker system.

Fig 1.9p The v2.3 family of measurements (room, EQ, result).

Drawing by Ralph Jones
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Mic Input
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1.9.4 Source Independent Measurement (SIM)

1.9 MeasurementBuilding Blocks

The stereo version can be interfaced directly into the
sound system as shown below. The Stereo Interface
Snake routes the signal at the EQ inputs and outputs into
the SIM 2201 Sound Analyzer for measurement. The
single measurement microphone is patched into the front
panel mic preamp.

Fig 1.9q The v2.3 stereo hookup. Drawing by Ralph Jones
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The multichannel version (v2.3m) further expands upon
the previous systems by accommodating multiple micro-
phones and equalizers. This is the system of choice for
complex system alignment on the road, or for permanent
installation. The multichannel accesses the system via an
external SIM 2403 Interface Network. Each 2403 has eight
microphone and equalizer channels. Multiple units can
be used to access up to sixty-four channels. What sets the
multichannel system apart from the stereo version is the
time saved in data acquisition, by being able to align dif-
ferent subsystems without repatching or moving micro-
phones. Once the multichannel system is interfaced, the
entire alignment of the system can proceed at a furious
pace.

Multichannel sound systems differ from simple stereo
systems in that there are complex interactions between
the subsystems (as described in Section 2.2). These inter-
actions require careful analysis at various mic positions
so that corrective action can be taken on the various
equalizers, delays and level controls. It is during this type
of analysis that repatching or moving mics slows things
down too much to be of practical benefit. Time is usually
the most precious commodity in the course of a system
alignment. This is where the v2.3m version goes beyond
all other alignment systems and stand-alone analyzers.

1.9.4 Source Independent Measurement (SIM)

1.9 MeasurementBuilding Blocks

v2.3m Multichannel

v2.3m Multichannel Standard Functions

• All v2.0 Lab and v2.3 stereo features.

• Mic compare procedure to check the response of
mics.

• Data panel spreadsheet keeps data sorted for easy
comparison.

• Interface network allows access to multiple mics
and EQs without repatch.

• Lobe study procedure indicates the degree of iso-
lation between subsystems.

• Combined systems procedure shows the interac-
tion between speakers.

There are a great variety of applications for v2.3m
Multichannel. Below are a few samples.

v2.3m Multichannel Standard Applications

• All v2.0 Lab and v2.3 stereo standard applications.

• Alignment of touring shows.

• Musical theatre alignment.

• Permanent installation alignment.

• Reconfigurable system maintenance and align-
ment.
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1.9.5 Source Independent Measurement (SIM)

1.9 MeasurementBuilding Blocks
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The multichannel version can be interfaced directly into a
sound system as shown below. The SIM 2403 Interface
Network routes the signal at each of eight EQ inputs, out-
puts and measurement microphones into the SIM 2201
Sound Analyzer for measurement. The SIM 2403 can
mute any combination of speakers to aid in the alignment

Fig 1.9r The v2.3m multichannel hookup.

process. Additional 2403 networks can be cascaded to
provide additional channels (up to sixty-four) for mea-
surement. The record holders (at time of writing) are
Sean Glen and Phil Harris of STG Entertainment who
have used three 2403s with a total of twenty-four EQs
and mics for several large-scale movie openings.

Drawing by Ralph Jones
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Self-Powered
Speaker system

CP-10 Complementary 
Phase Parametric  
Equalizer

LD-1
Line Driver

SIM System II Remote Monitor

Optimize crossovers 
for subwoofers
Subsystem Level Controls

Equalize speaker system
in the room

Sound analyzer optimised for
system equalization, delay 
and level setting.

Complete standardized, 
optimized speaker system.

Monitor the status of all
CEU's, amplifiers and 
drivers and alert operator 
if needed.

The self-powered speaker systems serve to
complete Meyer Sound's Total Solution ™ for
sound reinforcement. Meyer Sound provides
all of the vital components for engineers to
install, align and verify the performance of
their system.

1.10 Meyer Sound's Total Solution

1.10 SolutionBuilding Blocks
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2.1.0 Introduction

2.1 Comb FiltersAcoustics

In a typical acoustics text you might find the section on
comb filtering in the neighborhood of such subjects as the
Doppler Effect. The Doppler Effect is interesting, of course,
but has no practical application for the sound reinforcement
professional.

Comb filtering, by contrast, is the principle method of
coloration of sound system response, present in virtually
every interaction with a sound system. Hours are spent
repositioning speakers and adjusting equalizers and delays
trying to tame comb filtering. Many esteemed audio profes-
sionals are experts at intuitively disarming comb filters, in
spite of never having seen them on an analyzer, and having
only a vague notion of their cause.

The resolution of Real-Time Analyzers (RTAs) is too coarse
to see comb filtering. It is little wonder that this subject is so
poorly understood.

Fluency with the concept of comb filtering can improve
your ability to design efficient, coherent sound systems in
which the speakers work together and the effects of the
room are minimized.

There are a variety of ways in which comb filtering is
introduced into a sound system. Four of the more typical
methods are shown in Fig 2.1a. The end result is the same in
all cases: frequency and phase response ripple and signal-
to-noise ratio loss.

Two independent factors determine the magni-
tude and frequency response of comb filtering:
The relative level and phase (time offset) between
the signals.

1) As the relative levels approach unity, the mag-
nitude of the peaks and dips increases.

2) As the time offset increases, the frequency range
(where the combing is most audible) decreases.

The formula for comb filter calculation is:

comb frequency = 1/time offset

time offset = 1/comb frequency

The first cancellation will occur at one-half the
comb frequency
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Direct path = 50 ms

Reflected path = 51 ms

1 ms time offset between the direct 
and reflected sound causes comb filtering
with 1 kHz frequency spacing at the 
listening position.

Upper speaker path (51 ms)

Lower speaker path (50 ms)

1 ms time offset between the two speakers
 causes comb filtering with 1 kHz frequency 
spacing at the listening position.

Mic 1 path = 5 ms

Mic 2 path = 6 ms

1 ms time offset between two mic positions
causes comb filtering when the mics are 
summed together in the mixing console.

∑

∑Mic path = 1 ms

Direct input path = 0 ms

1 ms time offset between two direct and mic'd 
signals causes comb filtering when the channels 
are summed together in the mixing console.Direct and Microphone

Signal Interaction

2.1.0 Introduction

2.1 Comb FiltersAcoustics

Fig 2.1a Four examples of typical causes of comb filtering.

Reflections

Speaker Interaction

Microphone Interaction
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2.1.0 Introduction

Acoustics 2.1 Comb Filters

What is the mechanism that creates comb filtering? For ex-
ample, a 1 ms time offset illustrated in Fig. 2.1a (previous
page) will result in a comb frequency spacing of 1000 Hz. A Note About Reading the Phase Trace

The phase response trace of the delayed signal
moves suddenly from the bottom of the screen
to the top at 500 Hz, 1500 Hz, etc. This is a dis-
play function of the analyzer. When the phase
response reaches –180° (screen bottom) it rolls
over to +180° (screen top) and onward. At 360°
of phase shift the trace has returned back to the
screen center (0°). For this application such a
display is preferable since it is possible to al-
ways view the relative phase responses in the
way that illustrates where the addition and can-
cellation will occur.

The summed response is shown in Fig 2.1d. Note
that the positions of the maxima and minima
correlate to the frequencies where the phase re-
sponses come together and apart, respectively.
Note also that the "ripple" in the amplitude re-
sponse (its deviation above and below 0 dB) di-
minishes as frequency increases. This is due to the
HF rolloff of the delayed signal, which increases
the level offset between the direct signal and de-
layed signals.

1/time offset = comb frequency spacing

1/.001s = 1000 Hz

The response for such a system is shown in Figs 2.1b-2.ld.

Fig 2.1b shows the delayfinder response of a summation
of two signals with 1 ms of time offset. The arrival of the
direct and reflected signals is shown as discrete peaks
displaced horizontally by 1 ms. The delayed signal is
slightly reduced in amplitude, as can be seen by its rela-
tive height.

The frequencies which will have the maximum addition
are integer multiples of the comb frequency—in this case,
every 1000 Hz.  The addition occurs because the phase
relationship between the two signals is a multiple of 360°,
resulting in phase addition. The maximum cancellation
will occur at the half-way point between additions—in
this case 500 Hz, 1500 Hz, 2500 Hz,  etc.  This is due to
the phase cancellation that occurs  when the signals are
180° apart.

Fig 2.1c shows the amplitude and phase response of two
signals measured separately before summation. The high
frequency range of the delayed signal has been gently
rolled off. This is similar to the absorption that might oc-
cur from a soft boundary. The phase response reveals the
time offset between the signals and where the summation
and cancellation will occur can be clearly seen. Maximum
addition will occur where the phase responses come to-
gether. When the phase responses are 120° apart there
will be no addition or cancellation. Maximum cancella-
tion will occur when the phase responses are 180° apart.
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2.1.0 Introduction

Acoustics 2.1 Comb Filters

Direct sound. 1 ms echo.

Direct signal with flat amplitude response.

1 ms delayed signal with HF rolloff.

Phase responses
are 180° apart.

Direct.

Phase convergence.
1 ms delayed.

Maxima (1 kHz frequency spacing).Maxima

Minima
Ripple decreases due to HF level offset.

Combined phase response has large ripple.

Fig 2.1c

Frequency re-
sponse of direct
and delayed sig-
nals measured

separately.

Fig. 2.1d

Comb filtering
caused by sum-

mation of the di-
rect and delayed

signals.

Fig 2.1b

Delayfinder re-
sponse of direct
and delayed sig-

nals.
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2.1.1 Comb Filter Frequency

Acoustics 2.1 Comb Filters

 The term “comb filtering” comes from the fact that the
peaks and dips look like the bristles of a comb on a linear
frequency axis display. But since human hearing responds
logarithmically, the image of a “comb” is misleading when
visualizing the sonic effect of comb filtering. To our ears the
spacing between the peaks and nulls is not even at all. When
viewed on a log scale (Fig 2.1d), we see it as we hear it, with
wide peaks in the lower frequencies and steadily compress-
ing as frequency rises. The frequencies where comb filter-
ing will begin is dependent upon the time offset. As the time
offset increases,  the frequency of the first null decreases. This
is shown in Figs 2.1d–2.1f. It is only the start frequency
(where the first null occurs) that changes with time offset.
Above the first null the shape of the response is the same,
illustrating how the same sonic effect moves through the
audio range as the time offset changes. In each case the
second peak (this is the peak between the first and second
nulls) is an octave wide. The succeeding peaks are 1/2,
1/3, 1/4 octave, etc.

The term "accordion filtering" would probably be more
descriptive, since as the time offset increases the peaks and
dips are compressed further to the left resembling the
movement of an accordion, but it is doubtful that this term
will catch on as an industry standard.

Fig 2.1e Comb filtering with .1 ms time offset between signals  with 0 dB level offset.

6 dB of addition centered at 10 kHz
(the comb frequency).

Phase response ripple due to sum-
mation of signals offset in time.

6 dB of addition for the  range below the
first null. This is the "coupling area."

Deep cancellation at 5 kHz (one-half the comb frequency).

Maximum audibilty of  frequency response ripple.

1 Oct

10 kHz spacing between
each line.
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2.1.1 Comb Filter Frequency

Acoustics 2.1 Comb Filters

The "coupling area" is reduced to the
range below 500 Hz. Audible as LF boost.

The "coupling area" is reduced to the
range below 50 Hz.

Deep cancellation at 500 Hz
(one-half the comb fre-
quency).

Fig 2.1f Comb filtering with 1 ms time offset between signals with 0 dB level offset.

100 Hz spacing be-
tween each line.

1/41/2 1/31 Oct

Audible as reverberation.

Audible as fre-
quency response
ripple.

Fig 2.1g Comb filtering with 10 ms time offset between signals with 0 dB level offset.

Audible as fre-
quency response
ripple.

1/41/2 1/31 Oct

1 kHz spacing be-
tween each line.
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2.1.2 Comb Filter Level

Fig 2.1h Comb filtering with 1 ms time offset between signals with 0 dB level offset.

Acoustics 2.1 Comb Filters

Extreme phase response ripple decreases
the equalizability of this response.

Amplitude ripple is extreme. The deep
cancellations cannot be effectively re-
moved by equalization. This gets worse
at higher frequencies as the bandwidth
of the cancellations narrows.

S/N ratio is reduced in the area of the
nulls. S/N ratio loss is an indication of
reduced equalizability.

hausted (such as repositioning, delay setting and level
adjustment) you will have minimized the time offsets
and maximized the level offsets. The response ripple that
is left will be dealt with by equalization.  It is true, how-
ever, that you can't fix comb filtering with fixed center
frequency and bandwidth devices such as a 1/3 octave
graphic equalizer. These can only have, at best, one fre-
quency range where its bandwidth matches the system
response. If you are lucky it might fall on one of the ISO
standard center frequencies. The phase response of a
graphic equalizer is often blamed for its poor end result.
While this may be true in some cases, it is more often the
graphic equalizer's inability to create the complementary
amplitude and phase response of the system to be equal-
ized. For this reason, parametric equalizers such as the
Meyer Sound CP-10 have been employed exclusively by
users of high-resolution alignment systems such as SIM
System II.

The maximum addition of 6 dB occurs when two signals
of equal level are combined. This is the most potentially
positive aspects of comb filtering. On the other hand, the
cancellation effect is extremely deep. The percentage
bandwidth of the peaks and dips are not the same, with
the peaks being broader than the dips. While the size of
the peaks may be reduced by equalization, the dips are
often too deep and narrow to be practically equalized.

As the level offset increases, the magnitude of the peaks
and dips is reduced and the filter slope decreases. This
allows the system to be more adaptable to equalization.
This is shown in Figs 2.1h–2.1j.

Recall from the previous page the progressive narrowing
of the percentage bandwidth of each succeeding peak,
from an octave to hundredths of an octave. For equaliza-
tion to be effective, the equalizer must have adjustable
bandwidth and center frequency. It is often said that
comb filtering can't be fixed with an equalizer. But since
comb filtering is creating virtually all of the frequency re-
sponse problems (if we have a linear speaker to start
with) what else are you doing with that equalizer? Once
all of the other means of system alignment have been ex-
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2.1.2 Comb Filter Level

Fig 2.1j Comb filtering with 1 ms time offset between signals with 12 dB level offset.

Fig 2.1i Comb filtering with 1 ms time offset between signals with 6 dB level offset.

Acoustics 2.1 Comb Filters

Phase response ripple is reduced due to 6
dB of level offset.

Phase response ripple is reduced further
due to 12 dB of level offset.

Area where practical equalization can be effective.

Area where practical equalization can be effective.

Amplitude ripple is reduced further
due to 12 dB of level offset.

S/N ratio improvement is an indication
of increased equalizability.

Amplitude ripple is reduced
due to 6 dB of level offset..



Meyer Sound Design Reference

92 © Meyer Sound 1998

Spacing between nulls

Table 2.1k   Comb filter frequency versus delay time offset.

2.1.3 Identifying Comb Filters

Acoustics 2.1 Comb Filters

Measuring the frequency response of a system
will show a complex series of peaks and dips.
Before equalization is applied, it is helpful to
identify the sources of the interactions that
caused the peaks and dips. This puts us in a bet-
ter position to take the most effective steps to-
ward system optimization. The above chart can
be used as a guide for identifying the causes of
peaks and dips in the system response. If the
center frequency of a peak or dip is known, the
corresponding time offset can be found in the
column to the right of the frequency (e.g., a null
appears in the system response at 500 Hz).  If
this null is caused by comb filtering, the shortest
possible time offset between the sound sources
is 1 ms. However, if this is not the first null, then
it may be the result of a longer offset. It could be
the second null from an offset of 3x the mini-
mum (in this case (3 ms) or the third null of 5x (5
ms), the fourth null of 7x (7 ms), etc.

The spacing between the nulls can solidify the
time offset of the reflection. If the frequency
spacing to the next null is 1000 Hz (or between
peaks—it doesn't matter), the reflection is 1 ms.
If the spacing is shorter, it is one of the longer in-
tervals. The monitoring position could then be
examined for paths that coincide with these time
offsets and appropriate corrective action could
be taken.

First Null Time Offset

(Hz) (ms)
20 25.000
25 20.000

31.5 15.873
40 12.500
50 10.000
63 7.937
80 6.250

100 5.000
125 4.000
160 3.125
200 2.500
250 2.000
315 1.587
400 1.250
500 1.000
630 0.794
800 0.625

1000 0.500
1250 0.400
1600 0.313
2000 0.250
2500 0.200
3150 0.159
4000 0.125
5000 0.100
6300 0.079
8000 0.063

10000 0.050
12500 0.040
16000 0.031
20000 0.025

1st null

Spacing between Time Offset
peaks or nulls

(Hz) (ms)
20 50.000
25 40.000

31.5 31.746
40 25.000
50 20.000
63 15.873
80 12.500

100 10.000
125 8.000
160 6.250
200 5.000
250 4.000
315 3.175
400 2.500
500 2.000
630 1.587
800 1.250

1000 1.000
1250 0.800
1600 0.625
2000 0.500
2500 0.400
3150 0.317
4000 0.250
5000 0.200
6300 0.159
8000 0.125

10000 0.100
12500 0.080
16000 0.063
20000 0.050
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Direct sound 1 ms echo

2.1.3 Identifying Comb Filters

Table 2.1m Delay time offset  versus comb filter frequency.

Fig 2.1l Identifying delay offset to find frequency response ripple.

Acoustics 2.1 Comb Filters

Time Offset Freq spacing 2nd peak 3rd peak 1st null 2nd null
(ms) (Hz) (Hz) (Hz) (Hz) (Hz)

0.1 10,000.00 10,000.00 20,000.00 5,000.00 15,000.00
0.2 5,000.00 5,000.00 10,000.00 2,500.00 7,500.00
0.3 3,333.33 3,333.33 6,666.67 1,666.67 5,000.00
0.4 2,500.00 2,500.00 5,000.00 1,250.00 3,750.00
0.5 2,000.00 2,000.00 4,000.00 1,000.00 3,000.00
0.6 1,666.67 1,666.67 3,333.33 833.33 2,500.00
0.7 1,428.57 1,428.57 2,857.14 714.29 2,142.86
0.8 1,250.00 1,250.00 2,500.00 625.00 1,875.00
0.9 1,111.11 1,111.11 2,222.22 555.56 1,666.67

1 1,000.00 1,000.00 2,000.00 500.00 1,500.00
2 500.00 500.00 1,000.00 250.00 750.00
3 333.33 333.33 666.67 166.67 500.00
4 250.00 250.00 500.00 125.00 375.00
5 200.00 200.00 400.00 100.00 300.00
6 166.67 166.67 333.33 83.33 250.00
7 142.86 142.86 285.71 71.43 214.29
8 125.00 125.00 250.00 62.50 187.50
9 111.11 111.11 222.22 55.56 166.67

10 100.00 100.00 200.00 50.00 150.00
15 66.67 66.67 133.33 33.33 100.00
20 50.00 50.00 100.00 25.00 75.00
25 40.00 40.00 80.00 20.00 60.00
30 33.33 33.33 66.67 16.67 50.00
35 28.57 28.57 57.14 14.29 42.86
40 25.00 25.00 50.00 12.50 37.50
45 22.22 22.22 44.44 11.11 33.33
50 20.00 20.00 40.00 10.00 30.00
60 16.67 16.67 33.33 8.33 25.00
70 14.29 14.29 28.57 7.14 21.43
80 12.50 12.50 25.00 6.25 18.75
90 11.11 11.11 22.22 5.56 16.67

100 10.00 10.00 20.00 5.00 15.00

It is also possible to work in
the reverse direction. The
chart can be used to identify
how the frequency response
will be affected when the time
offset between sources is
known. The corresponding
frequency multiplier and the
frequency of the first null can
be found in the columns to the
right of the time offset (e.g., a
time offset of 1 ms is detected
between two sound sources at
a monitoring position).  The
comb frequency spacing will
be 1000 Hz with the first null
at 500 Hz.  There will be nulls
every 1 kHz  above that (1500
Hz, 2500 Hz, etc.). There will
be a peak below 500 Hz and
additional ones starting at
1 kHz  and each 1 kHz above
that (2 kHz, 3 kHz, etc.). The
first null will be at 500 Hz and
each 1 kHz above that.
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The interaction between multiple speaker systems will
cause comb filtering.  For this reason it is important that
systems be designed for a minimum of overlap between
speaker subsystems.

A typical speaker interaction is shown in Fig 2.2a. The
down lobe from the upper speaker arrives onto the floor
seating area. Unfortunately it is 1 ms late, and, as we dis-
cussed in the previous section, comb filtering will result
in the midrange and highs.

2.2.1 Introduction

2.2 InteractionAcoustics

Upper speaker path (51 ms)

Lower speaker path (50 ms)

1 ms time offset between the two speakers
 causes comb filtering with 1 kHz frequency 
spacing at the listening position.

Fig  2.2a Elevation view of speaker interaction between an upper main and downfill system.

Multiple speaker arrivals can be modeled as shown in Fig
2.2b. The amount of axial attenuation will depend on the
angle and coverage pattern of the contaminating speaker.
The propagation time offset is a result of different arrival
times between the speakers. This could be a positive or
negative number depending on which speaker arrives
first. The relative propagation loss and high-frequency
air loss are due to the difference in path length between
the speakers.

∑∑∑∑

Relative
High Frequency
 Air Loss

Main Speaker Path

Other Speaker Path

Propagation
delay offset

Relative
Propagation
Loss

Relative
Axial
Attenuation

∆∆∆∆ T
Listening
Position

Fig  2.2b Model of speaker interaction between an upper main and downfill system.
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2.2.1 Introduction

2.2 InteractionAcoustics

Fig 2.2d Comparison frequency response of single speaker to combination.

The following SIM measurements show the interaction  between an upper and lower speaker system.

Direct sound from
the lower speaker.

Direct sound from the
upper speaker arrives .5
ms late.

Fig 2.2c Delayfinder display of the arrivals of the two speakers.

Combined phase response of upper and lower
speaker. Note the increase in phase ripple.

Phase response of upper speaker alone.

Amplitude response of
upper speaker alone.

Combined amplitude response of upper and
lower speaker. Note the increase in amplitude
ripple.

Midrange cancellation due to
time offset between speakers.

Low-frequency addi-
tion (coupling).

Note that the crest factor of the impulse from the upper speaker is less than the
lower. This is due to HF axial attenuation in the response from the upper system.
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Acoustics 2.2 Interaction

Coupling: Occurs when the time offset and level offset
both approach zero. The signals arrive "in phase" and can
add a maximum of 6 dB. This is easiest to achieve in low
frequency arrays where the periods are long. Therefore
the physical offset of multiple devices does not become
too large and the wavefronts remain in phase.

Combining: Occurs when the time offset is low and the
moderate level is offset. To achieve this the devices must
be in close proximity (hence the low time offset), yet
must have a method of obtaining some level offset. This
can be best achieved by using directional speaker sys-
tems arrayed as a point source.

Combing: Occurs when the time offset is large but the
level offset is low. This occurs when speakers are arrayed
with redundant coverage patterns, such as parallel ar-
rays. While this may give substantial addition, it is highly
position dependent and causes large variations in fre-
quency response and low intelligibility. This should be
avoided if at all possible.

Echo: Occurs when the time offset is large and the isola-
tion low, so that the systems sound like discrete sources.
This also causes large variations in frequency response
and low intelligibility and should be avoided if at all pos-
sible.

Reverberation: Occurs when the time offset is large but
the isolation is high enough that the interaction sounds
like the normal decay character of a room. If kept to a
minimum this will not dramatically affect the system in-
telligibility. This is far preferable to combing or echo.

Isolation: Occurs when the level offset is large enough so
that the second speaker has little or no audible effect on
the primary speaker's response. As the time offset in-
creases, larger amounts of level offset will be required to
achieve isolation.

The fundamental mechanism behind speaker arrays is
shown in Fig 2.2e. The behavior of speaker arrays can be
simplified into the following categories.

2.2.2 Factors Affecting Interaction

Interaction Types

Coupling: Maximum addition and minimum can-
cellation.

Combining: Moderate addition and a lesser de-
gree of cancellation.

Combing: Deep cancellation and addition.

Echo: Discrete sources are perceived.

Reverberation: Decay character perceived.

Isolation: Little or no audible effect.

Which of these occurs on any given design will depend
upon two key factors.

Relative time offset: The difference in arrival time of the
sound sources. This function has a frequency component,
phase. For example, 1 ms is only 18° of phase shift at 50
Hz, 180° at  500 Hz.

Relative level offset: The difference in level of the sound
sources. This is also frequency dependent, since the re-
sponses of the two systems may not be matched.
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2.2.2 Factors Affecting Interaction
The relationship of time and level offset is shown graphi-
cally in Fig 2.2e. As level offset increases the amount of
addition decreases. Notice that the preferred areas of
coupling, combining and isolation are all towards the
bottom of the graph, where time offsets are low. As you
move from left to right there will be progressively less
power addition. As the time offset increases (higher verti-
cal positions) the coupling and combining give way to
combing, and the isolation gives way to echo and reverb.
As you move upward, the comb filtering moves progres-
sively down through greater proportions of the audible
range. Large time offsets with no level offset will cause
the most destructive combing.

 vice-versa.

Array Design Trade-Offs

Array design is a trade-off between the following param-
eters:

Coverage: As overlap increases, coverage narrows and
vice-versa.

On-Axis SPL: As overlap increases, on-axis SPL increases
significantly.  As overlap decreases, on-axis SPL remains
largely unchanged.

Level Distribution: As overlap increases, level distribu-
tion becomes uneven, most notably in the form of hot
spots in the center area. As overlap decreases, level distri-
bution becomes smoother.

Frequency Response Distribution: As overlap increases,
frequency response distribution becomes uneven. As
overlap decreases, frequency response distribution be-
comes smoother.

Equalizability: Virtually any array is equalizable at a
single point. But if we can assume that the intended goal
is to provide an equalization curve that is suitable for a
wide part of the coverage area, arrays with even distribu-
tion patterns will respond best.

Fig 2.2e Graphic representation of speaker interaction.

2.2 Interaction

Preferred path for
speaker interac-
tion.

Problem path for
speaker interaction.

Coupling

Combing

Combining

Echo

Isolation

Reverb

Time
offset

Level Offset (dB)

0 dB

0 ms

12 dB

1/2 
Wave-
length

10 
Wave-
lengths

60 dB3 dB

The key to speaker array design is:

• If the level offset is low, the time offset must be as
low as possible. This will create coupling.

• As time offset increases, the level offset should also
increase. This will create combination.

• If the time offset is large, the level offset should also
be large. This will minimize combing and increase
isolation.
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There are seven basic types of speaker arrays, each with its own strength and weakness. The arrays can be made of
adjacent or distributed elements. When the speakers are spread apart they are referred to as split speaker arrays. Split
speaker arrays perform well only in a short depth of field.

Acoustics 2.2 Interaction

2.2.3 Array Configurations

• Point-source narrow: Two speakers are arrayed in an arc.
The individual speaker patterns are wider than the splay
angle. The combined pattern narrows due to summation at
the center.

•Point-source wide: Two speakers are arrayed in an arc.
The individual speaker patterns approximate the splay
angle. The combined pattern widens with minimal sum-
mation at the center.

• Parallel: Two speakers are arrayed in a parallel plane.
The patterns overlap and create an inconsistent response.
Not recommended.

• Crossfire: Two speakers cross directly in front of the
horn. This has significantly higher interference problems
than  the point-source approach and has no advantages
over it. Not recommended.

• Split point-source: The speakers are arrayed in an ex-
tended arc. This type of array is relatively consistent, but
lacks LF coupling.

• Split-parallel: When speakers are placed parallel over
an extended line they will resemble a series of distinct
point sources in the HF range and a single elongated
source in the LF region.

• Split crossfire (point destination): The inverse of a
point-source. The focal point is the central destination
point of the speakers. This type of array is most useful
when covering a central area from two sides. This array
type has very inconsistent sound at the center.
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Acoustics

2.2.3 Array Configurations

2.2 Interaction

Fig 2.2g Tendencies of split speaker arrays.

Fig 2.2f Tendencies of coupled arrays.

Each array configuration has
unique tendencies toward cou-
pling, combing and combining as
shown in Figs 2.2f and 2.2g. The
wide point-source array combines
the best due to the minimal over-
lap zone and time offset. The nar-
row point-source has more over-
lap, hence more coupling and
combing. The crossfire array has
still more overlap. The parallel ar-
ray is almost entirely overlapped
showing only tendencies toward
coupling and combing.

The split point-source array, hav-
ing the least overlap, combines the
best of the split arrays. The time
offsets are larger than coupled
point-source arrays due to the dis-
tance between cabinets. The split-
parallel array will comb badly. The
overlap will get very large as you
get farther away, with very large
time offsets. Point-destination ar-
rays are useful to reach central ar-
eas from side locations. However,
these have the highest tendency to-
ward combing due to the high
overlap and rapid time offset
changes.

Time Offset

Time Offset
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Acoustics 2.2 Interaction

Reading the SIM® Plots

Actual measurements were made of some of the arrays at
positions near the center (–10° to +20°) and  are shown in
the accompanying page. The measurements were not
made in an anechoic chamber and contain some room re-
flections. Therefore only the high-frequency range is
shown where the room interaction is minimal, but the
speaker interaction is easily visible.

2.2.3 Array Configurations

The nature of the interaction between two speakers var-
ies with different array types. In the following pages
(Figs 2.2g through 2.2aa) is a comparative study of the in-
teraction at each of nine axial positions of an  8°speaker.

Reading the Figure

The positions represent the 10° points (from –40 to +40)
on an arc at a distance of twenty-five feet from the
speaker. A line is drawn from the second speaker repre-
senting its arrival into the first speaker's coverage area.
The figures are shaded to represent the extent of the in-
terference, with progressively darker shades representing
deeper interference.

Reading the Spreadsheet

The time and level offsets between the speakers are cal-
culated and shown in the spreadsheet below each figure.
The level offset calculation is based on the differences in
propagation distance and axial attenuation. This in turn
yields the amount of frequency response ripple, which is
the difference between the peaks and dips.

The time offset determines the frequency range most af-
fected by the interaction. The frequency where the first
(and widest) null occurs is shown.

Center axis of the
main speaker

Path from the
second speaker

Point Source Wide
40° 30° 20° 10° 0° 10° 20° 30° 40°

Time offset 2.2 ms 2.1 ms 1.7 ms 1.5 ms 1.1 ms 0.7 ms 0.3 ms 0.1 ms 0.25 ms
1st null 227 Hz 238 Hz 294 Hz 333 Hz 455 Hz 714 Hz 1667 Hz 5000 Hz 2000 Hz

Level offset 12.7 dB 13.7 dB 14.6 dB 13.0 dB 11.4 dB 9.2 dB 7.1 dB 2.0 dB 5.1 dB
Ripple 4.0 dB 3.5 dB 3.5 dB 4.0 dB 4.5 dB 6.0 dB 8.0 dB 19.0 dB 10.0 dB

The response at each
point is shown in the
spreadsheet

Center axis of the
array

Edge of main
speaker coverage
pattern

Fig 2.2h How to read the series of array interaction comparison figures
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Single –10°

Single 0°

Acoustics 2.2 Interaction

2.2.3 Array Configurations

Single 20°

Single 10°

Fig 2.2i  Reference for the upcoming SIM® plots of array interaction.

The four plots show the response of a single speaker (no
multiple speaker interaction) measured at four points.
This can be used for comparison with the plots showing
the interaction of the point-source, crossfire and parallel
arrays. Because the measurements were not made in an

anechoic chamber, they are not free of ripple. Therefore,
only the HF region is shown. Most of the ripple shown
can be attributed to the room acoustics.
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2.2.5 Point-Source Arrays (Narrow)

Acoustics 2.2 Interaction

Coverage: Center buildup causes the area between
the –6 dB points to narrow.

On-axis SPL: Maximum addition.

Level distribution: Large addition in center area.
Less on the sides.  Good LF and MF coupling.

Frequency response distribution: A large overlap
area creates a wide area with a deep ripple around
the center. Smoother on the sides.

Equalizability:  Responds well to EQ except in the
center overlap area.

Where to use: Long-throw applications or when de-
sired coverage angle is less than that of a single en-
closure.

Fig 2.2j Narrow point-source array interaction.

Point Source Narrow (80°)
40° 30° 20° 10° 0° 10° 20° 30° 40° Mean

Time offset 1.1 ms 1 ms 0.8 ms 0.65 ms 0.45 ms 0.1 ms 0.1 ms 0.3 ms 0.5 ms 0.6 ms
1st null 455 Hz 500 Hz 625 Hz 769 Hz 1111 Hz 5000 Hz 5000 Hz 1667 Hz 1000 Hz 1791.8 Hz

Level offset 6.4 dB 8.3 dB 8.8 dB 6.7 dB 4.2 dB 1.0 dB 0.0 dB 2.1 dB 6.2 dB 4.9 dB
Ripple 9.0 dB 6.5 dB 6.0 dB 8.5 dB 11.5 dB 24.0 dB 30.0 dB 19.0 dB 9.0 dB 13.7 dB

Narrow coverage arrays can be constructed by placing
the cabinets directly adjacent to each other in an arc. Such
arrays tend to increase the on-axis power but will have
less of a widening effect on coverage than might be ex-
pected over that of a single unit, and may actually nar-
row it. These systems are highly interactive because the
modules are arrayed at much tighter angles than the in-
dividual unit coverage angles. The on-axis point of the
array contains the most overlap, causing a substantial ad-
dition in on-axis pressure, with less overlap and addition
as you move to the edges. Since coverage angle is speci-
fied relative to the on-axis pressure, an addition there
may cause the angle to decrease even with more cabinets.

The on-axis buildup can be reduced by the technique of
amplitude tapering (see Section 3.6.3) which will widen
the array's coverage.

Center has maximum power ad-
dition. Just off-center the overlap
area has highly variable HF re-
sponse.

Do not try to equalize in this area.
Extreme sides see LF addition only. HF
and MF regions are isolated.

Moving out of the overlap area, the
ripple is reduced. The system is rela-
tively equalizable in this area due to
low time offsets.
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Point-Source
(Narrow)

–10°

 0°

10°

20°

Fig 2.2k Narrow point-source array HF frequency response.

Acoustics 2.2 Interaction

Two speakers arrayed as a narrow point source were
measured using SIM System II. The response at four of
the positions is shown above. Compare and contrast the
above responses with those of the single speaker shown

in Fig 2.2g and those that follow.  There is substantially
more ripple than a single speaker, but much less than the
parallel or crossfire arrays.

2.2.5 Point-source Arrays (Narrow)
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Acoustics 2.2 Interaction

The narrow arrays discussed previously have substantial
overlap areas as shown in Fig 2.2l.

There are two ways to reduce the overlap:

1) Use speakers with a tighter directional pattern as
shown in Fig 2.2m.

2) Splay the speakers apart as shown in Fig 2.2n.

Speaker systems such as the MSL-5, MSL-6 and MSL-10A
represent the first approach. Their pattern so closely
matches the angle of the enclosure that they should only
be arrayed adjacently. Because the coverage pattern
closely matches the 30° enclosure dimension, there will
be a loss in the center if the cabinets are splayed apart.
Systems are extremely easy to design since each cabinet
simply adds 30° to your horizontal coverage. However,
because of the sharp cutoff characteristic of these sys-
tems, you must take care to have enough sections to
cover the listening area fully. Otherwise, you may need
to supplement the system with some additional sidefill
speakers. Another important consideration is the fact that
narrow arrays like this must be aimed much more pre-
cisely than the wide arrays, or the narrow arrays derived
from the tight-packing of wide coverage speakers such as
UPAs, MSL-2As and MSL-3s.

The second approach is achieved by splaying the system
apart to various extents depending upon the coverage
and enclosure angles.

Wide coverage arrays can be constructed by splaying the
cabinet fronts outward, while leaving the rears touching.
Wide arrays will  increase the horizontal coverage but
have minimal effect on increasing the on-axis power over
that of a single unit.

Fig. 2.2l

Narrow array (tight-pack).

On-axis addition causes polar response to elongate in
the center.

2.2.6 Point-Source Arrays (Wide)

Fig. 2.2m

Wide array (tight pack).

Coverage pattern widens but on-axis power is not in-
creased.

Fig. 2.2n

Wide-angle array (optimized).

Coverage pattern widens but on-axis power is only
minimally increased.
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2.2.6 Point-Source Arrays (Wide)

Acoustics 2.2 Interaction

Coverage: Minimal center buildup. Therefore, the
pattern widens.

On-axis SPL: Minimal addition.

Level distribution: Smooth due to lack of overlap.

Frequency response distribution: The small overlap
creates a narrow area with a deep ripple around the
center. Very smooth except just off-center.

Equalizability:  Responds very well to EQ except in
the center overlap area.

Where to use: When the desired coverage angle is
wider than that of a single enclosure

The following example shows the characteristics of a
speaker with a much tighter pattern of 45°. (The previous
examples were 80°.)  Notice that the overlap area is a
much smaller percentage of the coverage area.  This al-
lows us to achieve low ripple through a large area. Con-
trast the time and level offset number shown here with
those of the narrow point-source array shown earlier.
Notice that the time offsets remain small, but the level
offset rapidly increases as you move out of the center
area. This is the key to creating smooth frequency re-
sponse distribution.

Fig 2.2p Wide point-source array interaction.

Center has maximum power
additon. Just off-center overlap
area has highly variable HF re-
sponse.

Do not try to equalize in this area.

20° 10° 0° 10° 20° Mean
Time offset 0.8 ms 0.65 ms 0.45 ms 0.1 ms 0.1 ms 0.4 ms
1st null 625 Hz 769 Hz 1111 Hz 5000 Hz 5000 Hz 2501.1 Hz

Level offset 7.8 dB 9.2 dB 9.2 dB 4.5 dB 2.5 dB 6.6 dB
Ripple 7.0 dB 6.0 dB 6.0 dB 11.0 dB 16.0 dB 9.2 dB

Side areas see LF addition only.
HF and MF regions are isolated.
The majority of the coverage area
has very low ripple and high
equalizability.

Point Source Wide (45°)
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Acoustics

2.2.6 Point-Source Arrays (Wide)

2.2 Interaction

Fig 2.2q Wide Point-Source Array Interaction.

Point Source Wide
40° 30° 20° 10° 0° 10° 20° 30° 40° Mean

Time offset 2.2 ms 2.1 ms 1.7 ms 1.5 ms 1.1 ms 0.7 ms 0.3 ms 0.1 ms 0.25 ms 1.1 ms
1st null 227 Hz 238 Hz 294 Hz 333 Hz 455 Hz 714 Hz 1667 Hz 5000 Hz 2000 Hz 1214.3 Hz

Level offset 12.7 dB 13.7 dB 14.6 dB 13.0 dB 11.4 dB 9.2 dB 7.1 dB 2.0 dB 5.1 dB 9.9 dB
Ripple 4.0 dB 3.5 dB 3.5 dB 4.0 dB 4.5 dB 6.0 dB 8.0 dB 19.0 dB 10.0 dB 6.9 dB

Center has maximum power
additon. Just off-center overlap
area has highly variable HF re-
sponse.

Do not try to equalize in this area.

Side areas see LF addition only. HF and MF
regions are isolated. The majority of the cov-
erage area has very low ripple and high
equalizability.

Coverage: Minimal center buildup. Therefore, the
pattern widens.

On-axis SPL: Minimal addition.

Level distribution: Smooth due to lack of overlap.

Frequency response distribution: The small over-
lap area creates a narrow area with a deep ripple
around the center. Very smooth except just off-cen-
ter.

Equalizability:  Responds very well to EQ except
in the center overlap area.

Where to use: When desired coverage angle is
wider than that of a single enclosure

An alternative method of achieving a wide coverage
point-source array is to splay the fronts of the cabinets
apart. This reduces the overlap are in the center and
spreads the energy out over a wider area.

< 8 dB

8-12 dB

12-16 dB

16-20 dB

>20 dB

Amplitude  Ripple
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20°

 10°

 0°

Point-Source
 (wide) –10°

Fig. 2.2r Wide point-source array HF frequency response.

This configuration clearly has the least ripple of any of the multiple speaker array configurations. This gives it the
most consistent frequency response and therefore, the most equalizable. Notice also that there is very little addition.

Acoustics 2.2 Interaction

2.2.6 Point-Source Arrays (Wide)
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This type of design has maximum overlap. However, as
the time increases the level offset does not. This causes
highly variable combing. Aligning speakers in a row
with redundant horizontal orientation will cause an un-
even frequency response over the listening area. While
such arrays may generate lots of acoustical power, the re-
dundant coverage will create large amounts of comb-fil-
tering, making it respond poorly to equalization.

Notice in the chart below that the time offsets are rela-
tively low. However, there is virtually no level offset at
any position since axial orientation is the same for both
speakers. This results in severe HF ripple.

The parallel configuration is only suitable for low-fre-
quency devices in which the coupling effect can be ben-
eficial. In such cases, the time offset is small enough so
that the first null is above the HF cutoff of the
subwoofers.

System Design

2.2.7 Parallel Arrays

2.2 Speaker Arrays

Fig 2.2s  Parallel array equalizability.

Parallel
40° 30° 20° 10° 0° 10° 20° 30° 40° Mean

Time offset 1.2 ms 0.8 ms 0.7 ms 0.4 ms 0.06 ms 0.04 ms 0.7 ms 1 ms 1 ms 0.7 ms
1st null 417 Hz 625 Hz 714 Hz 1250 Hz 8333 Hz 12500 Hz 714 Hz 500 Hz 500 Hz 2839.3 Hz

Level offset 0.4 dB 0.3 dB 0.2 dB 0.1 dB 0.0 dB 0.0 dB 0.2 dB 0.3 dB 0.3 dB 0.2 dB
Ripple 30.0 dB 30.0 dB 30.0 dB 30.0 dB 30.0 dB 30.0 dB 30.0 dB 30.0 dB 30.0 dB 30.0 dB

Coverage: Same coverage as for a single cabinet.

On-axis SPL: Maximum addition.

Level distribution: Same coverage as for a single
cabinet.

Frequency response distribution: Every position
has a unique frequency response. HF ripple is se-
vere at all locations.

Equalizability:  Can only be equalized for one posi-
tion.

Where to use: Subwoofers only!!!!

The level offset is too low. This causes
highly position-dependent frequency re-
sponse over the entire coverage area.
Equalizable only for a single point.
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2.2.7 Parallel Arrays

Parallel 20°

Parallel 10°

Parallel  0°

Parallel
–10°

Fig 2.2t Parallel array HF frequency response.

An array of two speakers was measured using SIM System II. The response at four of the positions is shown above.
Notice the large change in response over 40° of the coverage area. The cancellations are deep and highly variable
making it difficult to find an equalization solution that would serve more than one position. Notice also that there is
substantial addition. (Unfortunately there are even more substantial cancellations.)

2.2 InteractionAcoustics
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Acoustics 2.2 Interaction

2.2.8 Crossfire Arrays

Very little isolation with 1 ms offset
causes deep cancellations in the
midband. Poor  equalizability.

Level offset too low. This causes
highly position-dependent frequency
response. Not equalizable.

Fig 2.2u Crossfire array interaction.

Crossfire
40° 30° 20° 10° 0° 10° 20° 30° 40° Mean

Time offset 1.4 ms 1 ms 0.6 ms 0.2 ms 0.2 ms 0.65 ms 0.9 ms 1.6 ms 1.9 ms 0.9 ms
1st null 357 Hz 500 Hz 833 Hz 2500 Hz 2500 Hz 769 Hz 556 Hz 313 Hz 263 Hz 954.5 Hz

Level offset 6.5 dB 2.3 dB 0.2 dB 0.1 dB 1.1 dB 5.2 dB 7.3 dB 7.5 dB 5.6 dB 4.0 dB
Ripple 9.0 dB 17.5 dB 30.0 dB 30.0 dB 24.0 dB 10.0 dB 8.0 dB 8.0 dB 10.0 dB 16.3 dB

Coverage: Center buildup causes narrowing of the
area between –6 dB points.

On-axis SPL: Maximum addition.

Level distribution: Hot in the center.

Frequency response distribution: Poor. Most of the
center area has deep ripple.

Equalizability:  Poor. High variability through the
coverage area.

Where to use: Not recommended.

Crossfire arrays (not recommended) function similarly to
narrow point-source arrays but have worse combing.
There is no advantage to crossfire arrays over point-
source arrays. Therefore, they are not recommended.

Notice in Fig 2.2u the overlap zone covers most of the
main speaker's coverage area. This causes a large amount
of power addition in the center area. Contrast the time
offsets here with those of the narrow point-source array
described previously. You will notice that they are con-
sistently larger than the narrow point-source array, creat-
ing a wider area of deep notches in the center.

Note: Crossfire arrays are not recommended.

Overlapping patterns reduce iso-
lation. Time offsets are small. Mar-
ginally equalizable.
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Crossfire 0°

Crossfire 20°

Crossfire 10°

Crossfire
 –10°

Fig 2.2v Crossfire array HF frequency response.

An array of two speakers was measured using SIM System II. The response at four of the positions is shown above.
Notice the large change in response over 40° of the coverage area. The cancellations are deep and highly variable
making it difficult to find an equalization solution that would serve more than one position.

Acoustics 2.2 Interaction

2.2.8 Crossfire Arrays
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2.2 Interaction

2.2.9 Split-Parallel Array (Narrow)

Acoustics

Coverage: Wide.

On-axis SPL: Some addition in the center area.

Level distribution: Highly variable with hot spots
on the axis to the speakers and at the midpoint.

Frequency response distribution: Very poor. Large
overlap area has large time offsets causing ripple
deep into the LF range. The comb frequency changes
very rapidly as you move off center.

Equalizability:  The interaction is only equalizable
at very low frequencies where it more closely re-
sembles a single source. The MF and LF ranges
should only be equalized as single sources—not as a
combined system.

Where to use: Fill applications where the depth of
coverage is very small and wide.

Split-parallel arrays are often used for fill systems. This type
of array will work best if the depth of the coverage is small,
allowing smooth level distribution over a wide area. The
key to using this type of array is to minimize the overlap
zones, which are prone to severe ripple. Some tips on
designing with this type of array are shown in Section 3.7.3,
Frontfill Systems.

The key to equalizing the interaction of this type of array is
don't. The response is too variable and the ripple too deep.
The best method is simply to mute one of the speakers and
equalize for the speaker/room interaction of the remaining
speaker. Then restore the other speaker.

The following example shows what happens when the
depth of coverage is too deep. The overlap areas have large
time offsets and high ripple. This creates  very low intelligi-
bility and highly variable frequency response.

Fig 2.2w Split-parallel (narrow) array interaction.

Split Parallel Narrow
40° 30° 20° 10° 0° 10° 20° 30° 40° Mean

Time offset 7.5 ms 6 ms 5 ms 3.5 ms 2 ms 0.37 ms 1.3 ms 3.1 ms 5 ms 3.8 ms
1st null 67 Hz 83 Hz 100 Hz 143 Hz 250 Hz 1351 Hz 385 Hz 161 Hz 100 Hz 293.3 Hz

Level offset 5.3 dB 6.9 dB 7.6 dB 3.1 dB 1.2 dB 0.1 dB 0.4 dB 3.0 dB 7.6 dB 3.9 dB
Ripple 10.0 dB 8.0 dB 7.5 dB 14.5 dB 24.0 dB 30.0 dB 30.0 dB 14.5 dB 8.0 dB 16.3 dB

As you move out to the sides there is not
much difference in the relative axial at-
tenuation. This keeps the ripple high even
at the edges, combing all the way down to
the LF region.

Level offset too low. Deep combing
through the MF and HF ranges.
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>20 dB

Amplitude  Ripple
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Coverage: Wide.

On-axis SPL: The same as a single speaker plus mini-
mal addition in the center area. Low-frequency cou-
pling will be minimal.

Level distribution: Good.

Frequency response distribution: The speakers act
largely independently. There will be ripple in the
overlap area but the on-axis area will have sufficient
isolation for the ripple to be low.

Equalizability:  The interaction is only equalizable at
very low frequencies where it more closely resembles
a single source. The MF and HF ranges should only be
equalized as single sources—not as a combined sys-
tem.

Where to use: Fill applications where the depth of
coverage is very small and wide.

Acoustics

2.2.10 Split-Parallel Array (Wide)

2.2 Interaction

When the proper distance is used between speakers this
type of array works well, provided that the depth of the
coverage is small. This creates smooth, level distribution
over a wide area and minimal overlap zones. Some tips on
designing with this type of array are described in Section
3.7.3, Frontfill Systems.

These types of arrays can be equalized quite effectively in
the on-axis area of one the speakers. (Do not try to EQ in the
overlap zones.)

The following example shows what happens when the
depth of coverage is shallow. The overlap areas are small,
leaving the majority of the coverage area with very low
ripple.

Split Parallel Wide
40° 30° 20° 10° 0° 10° 20° 30° 40° Mean

Time offset 22 ms 20 ms 17.5 ms 15 ms 11.5 ms 8.5 ms 5 ms 1.3 ms 3.5 ms 11.6 ms
1st null 23 Hz 25 Hz 29 Hz 33 Hz 43 Hz 59 Hz 100 Hz 385 Hz 143 Hz 93.3 Hz

Level offset 10.5 dB 13.1 dB 14.6 dB 12.1 dB 10.8 dB 9.0 dB 7.6 dB 1.4 dB 5.1 dB 9.4 dB
Ripple 5.0 dB 4.0 dB 3.5 dB 4.0 dB 4.0 dB 6.0 dB 8.0 dB 22.0 dB 10.0 dB 7.4 dB

Fig 2.2x Split-parallel (wide) array interaction.

Overlap area is small. Time
offsets are relatively small.

As you move out to the sides the
differences in propagation loss and
axial attenuation give good isola-
tion.
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2.2 InteractionAcoustics

2.2.11 Split Point-Source Arrays

Coverage: Wide.

On-axis SPL: The same as a single speaker plus
minimal addition in the center area. Low-frequency
coupling will be minimal.

Level distribution: Good.

Frequency response distribution: The speakers act
largely independently. The overlap area is much less
than a split parallel array of similar dimensions.

Equalizability:  The interaction is only equalizable
at very low frequencies where it more closely re-
sembles a single source. The MF and HF ranges
should only be equalized as single sources.

Where to use: Fill applications where the depth of
coverage is very small and wide.

An alternative array for fill systems is the split point-
source. The speakers can be placed closer together and
achieve minimal overlap by using the axial attenuation of
the speakers. This type of array will work best if the cov-
erage is shaped as an arc. The depth of the coverage area
can be much deeper than for parallel arrays, since the an-
gling of the speakers keeps the overlap area relatively
small.

The overlap areas have larger level offsets than the com-
parably spaced split-parallel (narrow) array. This reduces
ripple and improves isolation.

These types of arrays can be equalized quite effectively in
the on-axis area of one the speakers. (Do not try to EQ in
the overlap zones.)

Fig 2.2y Split point-source array interaction.

Split Point Source 
40° 30° 20° 10° 0° 10° 20° 30° 40° Mean

Time offset 9 ms 8.2 ms 7 ms 6 ms 4.5 ms 3 ms 1.4 ms 0.6 ms 2.4 ms 4.7 ms
1st null 56 Hz 61 Hz 71 Hz 83 Hz 111 Hz 167 Hz 357 Hz 833 Hz 208 Hz 216.4 Hz

Level offset 9.7 dB 12.5 dB 13.1 dB 11.9 dB 9.4 dB 7.5 dB 3.0 dB 0.7 dB 6.8 dB 8.3 dB
Ripple 5.0 dB 4.0 dB 4.0 dB 4.0 dB 5.0 dB 8.0 dB 14.5 dB 26.0 dB 8.0 dB 8.7 dB

Compare the size of the overlap area shown in the
split-parallel (narrow) array. The split point-source
has much better isolation.

As you move out to the sides the difference in
axial attenuation increases isolation.
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>20 dB

Amplitude  Ripple
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Point Destination 

40° 30° 20° 10° 0° 10° 20° 30° 40° Mean
Time offset 16.6 ms 14 ms 11 ms 8 ms 4.5 ms 1.5 ms 2 ms 6 ms 10 ms 8.2 ms
1st null 30 Hz 36 Hz 45 Hz 63 Hz 111 Hz 333 Hz 250 Hz 83 Hz 50 Hz 111.3 Hz

Level offset 8.4 dB 5.9 dB 3.2 dB 2.4 dB 1.4 dB 0.5 dB 0.7 dB 3.9 dB 8.9 dB 3.9 dB
Ripple 7.0 dB 9.0 dB 14.5 dB 17.0 dB 22.0 dB 30.0 dB 28.0 dB 12.0 dB 6.0 dB 16.2 dB

Coverage: Narrow.

On-axis SPL: Maximum addition.

Level distribution: Large center area buildup.

Frequency response distribution: Every position
has a unique frequency response. HF ripple is severe
just off center, moving down in frequency as you
move to the sides.

Equalizability: The interaction is not equalizable.
Should only be equalized as single sources.

Where to use:  In-fill speakers to cover near center
area. Depth of coverage must be kept to a minimum
or excess overlap will cause deep combing.

Acoustics

2.2.12 Point-Destination Arrays

2.2 Interaction

Point-destination arrays have the most variable re-
sponses of any of the split arrays. Extreme caution
should be used when designing these into your system.
This type of array has extremely large overlap areas and
very little axial attenuation, resulting in full range comb-
ing.

The best use for point destination arrays is for in-fill ap-
plications  (i.e., where you are trying to reach a center
area from the sides). The key is to minimize the level for
these systems so only the center area is covered. The
larger the area covered, the worse the combing.

You may notice the resemblance of this array type to the
standard stereo configuration. Bear in mind that stereo
systems (theoretically) contain different signals for the
left and right channels. Therefore, the interaction is ran-
domized by the difference in signals. This is normal for
stereo. However, if the signal is panned to the center, the
interaction will occur as shown here.

The key to equalizing the interaction of this type of array
is don't. The response is too variable and the ripple too
deep. The best method is simply to mute one of the
speakers and equalize for the speaker/room interaction
of the remaining speaker. Then restore the other speaker.

Fig 2.2z Point-destination array interaction.

As you move out to the sides you
are still on-axis to both speakers.
Propagation loss alone gives poor
isolation. Time offsets are very large,
creating full range combing.

Time offsets rise quickly but level
offset is minimal. Deep combing.
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On-axis SPL: Maximum addition at the center.

Level distribution: Large center area buildup.

Frequency response distribution: Every position
has a unique frequency response. HF ripple is severe
just off-center, moving down in frequency as you
move to the sides.

Equalizability:  The interaction is not equalizable.
Monitor sidefills should only be equalized as a
single source.

Where to use:  Monitor side fill.

Acoustics 2.2 Interaction

2.2.13 Monitor Sidefills

Fig 2.2aa Monitor sidefill array interaction.

Point Destination (Sidefill) 
0 .5 ft 1 ft 2 ft 3 ft 5 ft 10 ft 20 ft Mean

Time offset 0.025 ms 0.9 ms 1.8 ms 3.6 ms 5.4 ms 9 ms 18 ms 27 ms 8.2 ms
1st null 20000 Hz 556 Hz 278 Hz 139 Hz 93 Hz 56 Hz 28 Hz 19 Hz 145.8 Hz

Level offset 0.0 dB 0.3 dB 0.6 dB 1.2 dB 1.7 dB 2.7 dB 4.7 dB 6.4 dB 2.2 dB
Ripple 0.0 dB 30.0 dB 27.0 dB 23.0 dB 21.0 dB 16.0 dB 11.0 dB 8.5 dB 17.1 dB

Monitor sidefills are the ultimate point destination array.
In this case, both speakers face directly into each other.
When approaching one speaker you move away from the
other. Therefore, the time offsets change so rapidly that
at 1 foot (30 centimeters) off-center, combing is as low as
275 Hz. Since you are on-axis to both speakers, there will
be no axial attenuation, leaving only the relative propa-
gation loss to isolate the systems. The result is very se-
vere ripple through most of the coverage area.

This is not to say that monitor sidefills  should be abol-
ished. But, it is important to know what happens when
they are used. In other words, don't  be surprised when
the response changes at every spot, and think you are do-
ing something to cause it. And, put to rest crazy "solu-
tions" like polarity reversing one of the speakers.

Here is a solution that will work: If the singer is off-cen-
ter and the mic will not be moved, delay the nearer
sidefill so that both speakers are synchronized at the mic.
Maximum addition is ± 1 foot.
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Although the trapezoidal enclosure design has no benefit
for vertical arrays, the same rules of logic apply. Cabinets
arrayed vertically should also form an arc, with a virtual
point source behind the array. The exception to this is the
long-throw array configuration, in which the horns are
placed together with no angular differential. This creates
an extreme narrowing of the vertical coverage pattern,
doubling the distance that the speakers can throw, at
some cost in frequency response smoothness.

Narrow (Tight-Pack) Arrays

Narrow coverage arrays can be constructed by placing
the cabinets directly adjacent with the HF horns together
on the same vertical plane. The horns couple together,
creating, in effect, a single horn of half the coverage pat-
tern with an on-axis SPL increase of up to 6 dB. The
trade-off here, however, is that the frequency response
distribution is noticeably poorer than that of the other
recommended vertical arrays. The long-throw array will
work best if the cabinets are directly coupled. Since we
are dealing with high frequencies, the displacement be-
tween the horns becomes critical. If the cabinets are
moved apart, the frequency response distribution will
degrade. Long-throw arrays should be used only when
extreme pattern narrowing is needed.

Long-throw vertical array.

Horns are directly coupled as
close together as possible.

Narrow (Optimized) Arrays

Narrow optimized arrays are a hybrid of the long-throw
and wide-angle arrays. In this case, the horns are
coupled together but splayed apart at the front . This
configuration gives a wider response than the standard,
long-throw configuration, and has improved frequency
response distribution. The amplifier voltage gain of the
two horns should be matched, and the rear of the cabi-
nets should be as close as possible. There is currently re-
search under way to best determine the optimal angles
for narrow arrays. The current recommended angle be-
tween the horns is one-fourth the horns' coverage angle.

Long-throw  optimized vertical array.

Horns are placed together and splayed
outward at the front.

Wide-Angle Arrays

Wide coverage arrays can be constructed by splaying the
cabinet fronts outward while leaving the rears touching.
The vertical orientation of the cabinets is the same (both
horn up or both horn down). These arrays will tend to in-
crease the vertical coverage but have less of an effect on
the on-axis power. These arrays are less sensitive than
the long-throw arrays and will work well at various
angles ranging from one-fourth to one-half the unit cov-
erage angle. The smoothest frequency response and level
distribution will generally occur when the splay angle is
one-half the coverage angle.

Wide vertical array (adjustable).

Horns are not coupled. Cabinet
fronts are splayed. Coverage widens

as splay angle increases.

2.2.14 Vertical Arrays

Meyer Sound has published a series of tech-
nical notes describing the array behavior of
various configurations of UPAs, MSL-2As
and MSL-3As. Each array configuration was
measured and the coverage angle and on-
axis maximum SPL determined, providing
designers with an easy method to begin the
process of array selection.  Contact your
Meyer Sound dealer to receive your copy of
TechNotes™

TechNotes™

2.2 InteractionAcoustics
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Crossfire Arrays (Not Recommended)

Concave array shapes will also focus large amounts of
energy at the center but will suffer from similar comb-
filtering problems as the parallel arrays.

Fig. 2.2bb Vertical array reference chart.

Vertical Narrow Long-throw Wide Angle Parallel Cross-fire
 Arrays (Long-throw) Optimised* Optimised*

Configuration

Vertical Minimum Narrow Wide Narrow Narrow
Coverage (1/2 single unit Moderately Consistent Highly  Highly  

coverage) consistent variable variable
On-axis SPL Maximum Moderate Modest Maximum Maximum
Addition 6 dB (typ.)

Level Fairly Fairly Smooth Extremely Extremely
Distribution uneven smooth uneven uneven

Freq Response Fairly Fairly Good Very poor Very poor
Distribution rough smooth

Equalizability Moderate Good Very good Impossible Impossible
Equalize as single Equalize as single Equalize as two Except for single Except for single
block. block blocks location location

Note: HF Horns must be *UPA-1 = 15° *UPA-1 = 30° Not recommended Not recommended
directly coupled UPA-2 = 15° UPA-2 = 30° under any under any
for best result. MSL-2A = 15° MSL-2A = 30° circumstances circumstances

MSL-5 = 10° MSL-5 = 20°
MSL-10A = 10° MSL-10A = 20°

Vertical Arrays

Parallel Arrays (Not Recommended)

Aligning speakers in a row with redundant vertical orien-
tation will cause an uneven frequency response over the
listening area. While such arrays may generate large amounts
of acoustical power, the redundant coverage will create
extensive comb filtering, making it unequalizable except
for a single point.

2.2.14 Vertical Arrays

2.2 InteractionAcoustics
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2.3.1 Introduction

2.3 ReflectionsAcoustics

Reflections are virtually indistinguishable from speaker in-
teractions. The same mechanisms that cause the additions
and cancellations in speakers are at work with reflections.
A reflective surface can be visualized as a phantom speaker
source adding energy into the space. Reflected energy can
be useful. If the reflected energy is near in time and level it
will couple, as when subwoofers are placed on the floor.
But why doesn't this work for HF horns? Because the time
offset is too long to provide coupling. It combs instead.

The absorption coefficient of the surface, and its angle rela-
tive to the source, are primary factors in the nature of the
speaker/room interaction. This, in effect, determines its
equalizability. As absorption rises and the angle widens,
the effect of the reflections is diminished.

Fig 2.3a contrasts the different types of reflections in terms
of time and level offset. Five different types of reflections
are shown with their corresponding tendencies. The ideal
reflections would follow the same paths as outlined for
speaker interaction (Fig 2.2e).

The following pages map out the effects of grazing, paral-
lel, corner and back wall reflections. These scenarios are in-
tended to provide generalized guidelines for approaching
reflective surfaces, not to provide specific design criteria for
a speaker or room.  The example speaker has an 80° cover-
age pattern (–6 dB) and is measured at a "distance" of 75
micro-seconds in 10° increments. While the speaker is pic-
torially represented in plan view (horizontal axis), all of the
information is equally relevant to its vertical axis. To sim-
plify matters, the absorption coefficient of the surface is as-
sumed to be 0 for all frequencies. Any of the scenarios will
be aided by the addition of absorption. Therefore, these
represent worst-case scenarios.

Notice that each of the reflection scenarios has a counter-
part in the speaker interaction scenarios discussed in Sec-
tion 2.2. If you have a clear understanding of the interac-
tion of speakers, you will find it very easy to transfer that
knowledge to these reflections. In this case, the relationship
between the real and "phantom" speaker (the reflected im-
age) is similar to that of multiple speakers. For example, the
wide grazing reflection creates a split point-source array,
whereas the corner reflection creates a point-destination ar-
ray. Similar considerations will hold true in terms the
equalizability of these reflections.

Fig 2.3a Tendencies for reflections to couple, combine and comb.
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Grazing wall reflections occur when the speaker is
pointed away from the plane of the surface. This allows
only the speaker's off-axis signal to reach the wall, maxi-
mizing the axial attenuation of the reflection. Such a situ-
ation is typical of side walls in proscenium theatres and
some ceilings as well.

Grazing reflections act like a second speaker in a split
point-source array, and therefore are relatively well be-
haved.

Moving away from the wall the time offsets increase, but
at the same time the isolation also increases. This creates
a smooth predictable response in the center area.

Equalization can be very effective, particularly in the cen-
tral area. Overall ripple is very low except at the extreme
edges near the wall.

This is the most favorable of all the reflection scenarios.
Careful speaker positioning—so that the speaker's pat-
tern matches the grazing angle—will take advantage of
this.

Features: The on-axis area of the speaker should
have very low ripple primarily due  to the large
axial attenuation difference between the direct and
reflected signals. As the grazing angle widens the
ripple is further decreased due to the increased axial
attenuation of the reflected path.

Speaker interaction counterpart: Split point-source
array.

Frequency response distribution:  Moving toward
the side wall the comb frequency rises and the ripple
deepens. Time offsets are high in the center but the
ripple is very low.

Equalizability:  Good equalizability in the on-axis
area. Lower equalizability as approaching the side
wall.

Examples: Proscenium side walls, ceilings.

2.3.2 Grazing Wall Reflections

2.3 ReflectionsAcoustics

Phantom speaker cre-
ates a split point-
source array.

Grazing Reflection (Narrow)
40° 30° 20° 10° 0° 10° 20° 30° 40°

Time offset 44 ms 40 ms 36 ms 32 ms 26 ms 20 ms 15 ms 60 ms 0.0025 ms
1st null 11 Hz 13 Hz 14 Hz 16 Hz 19 Hz 25 Hz 33 Hz 8 Hz 200000 Hz

Level offset 14.0 dB 16.2 dB 16.4 dB 15.6 dB 14.1 dB 12.1 dB 10.1 dB 10.1 dB 0.0 dB
Ripple 3.5 dB 2.5 dB 2.5 dB 3.0 dB 3.5 dB 4.0 dB 5.0 dB 5.0 dB 30.0 dB

As you move toward the wall
the axial difference decreases,
causing increased ripple.

Time offset rises as you move
away from the wall. At the
same time the level offset
rises. This creates good isola-
tion and low ripple.

Reflections have high axial attenuation
creating good isolation.

Fig 2.3b Grazing wall reflection.
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Features: The principal factors are the proximity to
the wall, desired depth of coverage and speaker cov-
erage angle. If the required coverage is deep, the
speaker must be more distant from the wall, or else
more directional.

Speaker interaction counterpart: Parallel (when di-
rectly coupled), split-parallel array (wide) if the cov-
erage is shallow and wall is distant (or the speaker is
narrow). Split-parallel array (narrow) if the coverage
is deep and the wall is close (or the speaker is wide).

Frequency response distribution: As you move to-
ward the side wall the time offset decreases but the
ripple increases. The center area has the opportunity
for good isolation if the wall is not too close or the
speaker too wide.

Equalizability: Equalizability increases as you ap-
proach the speaker axis and decreases as you ap-
proach the wall.

Examples: Side walls, floors, ceilings.

2.3.3 Parallel Wall Reflections

2.3 ReflectionsAcoustics

Parallel side walls and floors are the most typical type of
reflections. Their counterparts in speaker interaction are the
parallel arrays. When directly coupled to the surface (for
example, when you place a speaker on the floor or in a cor-
ner), low frequency coupling will occur. As frequency rises,
the time offsets will become too large and create combing.

As the speaker moves away from the surface, it begins to
act similarly to the split parallel arrays. As with those ar-
rays, the interaction of parallel walls is best controlled if the
coverage is confined to a shallow area, thereby minimizing
the overlap (in this case, direct and reflected). If the cover-
age is deep, additional options include using narrower
speakers, or  repositioning the speaker away from the sur-
face. This makes it a grazing reflection.

With parallel reflections the time offsets are large and the
level offsets are not. As you approach the surface both off-
sets are reduced and eventually coupling resumes again.

The effectiveness of equalization will depend on the
amount of isolation between the speaker and surface.
Equalization is best applied in the central areas where the
isolation is best.

This is one of the more favorable of the reflection scenarios
in that there are practical solutions (repositioning, absorp-
tion and EQ) that will greatly reduce its effect.

Parallel Wall Reflection
40° 30° 20° 10° 0° 10° 20° 30° 40°

Time offset 62 ms 56 ms 48 ms 40 ms 31 ms 22 ms 13 ms 0.025 ms ms
1st null 8 Hz 9 Hz 10 Hz 13 Hz 16 Hz 23 Hz 38 Hz 20000 Hz Hz

Level offset 10.2 dB 12.8 dB 13.3 dB 11.7 dB 10.0 dB 8.2 dB 6.4 dB 0.0 dB dB
Ripple 5.0 dB 4.0 dB 4.0 dB 4.5 dB 5.0 dB 8.0 dB 9.0 dB 30.0 dB dB

Phantom speaker acts
likes a split parallel
array.

As you move out to the sides the
the time offset decreases, but the
axial difference between the di-
rect and reflected sounds de-
creases. The result is a minimal
level of offset, creating a deep
ripple as you approach the wall.

Center area has large time off-
sets but the ripple is low. This
area should be fairly
equalizable.

Fig 2.3c  Parallel wall reflection.
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2.3 ReflectionsAcoustics

2.3.4 Rear Wall Reflections

Features: The principal factor here is the proximity
to the wall. The axial position is secondary since
there is never any difference in axial attenuation be-
tween the direct and reflected sound.

Speaker Interaction Counterpart: Sidefill monitor
array

Frequency response distribution: As you move to-
ward the side wall the comb frequency rises but the
ripple decreases slightly. It becomes highly variable
near the rear.

Equalizability: Equalizability increases as you ap-
proach the speaker and decreases as you approach
the wall.

Examples: Back walls.

One of the biggest advantages to outdoor concerts is the
lack of a rear wall. Indoors it is virtually impossible to
cover the audience without also targeting the rear wall
with on-axis energy. The strength of the rear wall reflec-
tion is proportional to the listener's distance from it. The
closer you are, the more powerful the reflection. How-
ever, that does not necessarily mean that the audibility of
the problem is worse there. Near the rear wall the low
time and level offsets can create LF addition, while at the
same time causing deep MF and HF ripples. However,

As you move out to the sides the
the time offset increases but
there is still no axial difference
between the direct and reflected.
This keeps the ripple high.

Rear Wall
40° 30° 20° 10° 0° 10° 20° 30° 40°

Time offset 75 ms 65 ms 57 ms 52 ms 50 ms 52 ms 57 ms 65 ms 75 ms
1st null 7 Hz 8 Hz 9 Hz 10 Hz 10 Hz 10 Hz 9 Hz 8 Hz 7 Hz

Level offset 0.0 dB 3.4 dB 4.9 dB 4.6 dB 4.4 dB 4.6 dB 4.9 dB 3.4 dB 0.0 dB
Ripple 30.0 dB 13.0 dB 10.0 dB 11.0 dB 11.0 dB 11.0 dB 10.0 dB 13.0 dB 30.0 dB

The phantom speaker
acts like a sidefill
monitor array.

Ripple increases as you
approach the rear.

Ripple decreases as you approach the
speaker.

Reflections have no axial at-
tenuation relative to the direct
sound.

as you move away from the wall the
time offsets can become very large
and are perceived as discrete echoes.
Even though the ripple is not as deep,
the intelligibility is worse and the dis-
traction of a slap echo can be very an-
noying.

This is one of the least favorable of all
the reflection scenarios and is the one
most in need of additional absorption

Fig 2.3d Rear wall reflection.
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20°
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40°

30°

0°

20°

10°

40°

30°

Corner Reflection
40° 30° 20° 10° 0° 10° 20° 30° 40°

Time offset 101 ms 90 ms 76 ms 64 ms 50 ms 40 ms 29 ms 22 ms 16 ms
1st null 5 Hz 6 Hz 7 Hz 8 Hz 10 Hz 13 Hz 17 Hz 23 Hz 31 Hz

Level offset 1.4 dB 4.8 dB 6.1 dB 5.4 dB 4.4 dB 4.2 dB 4.3 dB 4.2 dB 1.7 dB
Ripple 21.0 dB 10.0 dB 9.0 dB 9.5 dB 11.0 dB 11.0 dB 11.0 dB 11.0 dB 20.0 dB

2.3.5 Corner Reflections

Acoustics 2.3 Reflections

Features: The principal factors are the size of the
angled area and its orientation to the speaker. The
larger the angled area and the closer the angle of the
surface is to the on-axis angle of the speaker, the
worse it gets.

Speaker interaction counterpart: Point-destination
array.

Frequency response distribution: As you move the
seaker coverage from left to right the time offset de-
creases but the ripple does not. This creates an ex-
tremely inconsistent response.

Equalizability:  Poor. Try absorption, speaker repo-
sitioning, or demolition.

Examples: Angled side walls, ceilings

A corner reflection is the opposite of a grazing reflection.
The surface is angled inward so that the energy comes
back into the on-axis area. This corresponds to the point-
destination array and suffers from large time offsets and
low isolation. The worst case scenario of these types (not
shown) is when the surface is curved, creating a para-
bolic mirror effect, which has "whisper gallery" focus
points and virtual images.

One common corner reflection is the downward angled
roof structure in the rear of halls. The top of a speaker's
vertical pattern can bounce down into the rear seats and
reduce intelligibility. Practical solutions for this include
the use of highly directional speakers or an "eyebrow"
curtain above the speaker that absorbs the unused part of
the vertical pattern. The more common but less effective
method is to direct the speakers downward away from
the roof. While this may help the people downstairs (by
reducing reverb) it will not fix things in the rear since lis-
teners are losing both direct and reverberant sound to-
gether. See Section 3.4.3, Speaker Placement.

Phantom speaker cre-
ates a point destina-
tion array.

Time offset decreases as you move across
but ripple remains high due to a lack of axial
attenuation.

With corner reflections, the time offsets are
highly variable and the level offsets are low.
Moving away from the surface, the time off-
set increases greatly, but the ripple does not,
creating poor equalizability.

No difference in axial
attenuation between
direct and reflected
sound.

Comb frequency varies steadily
as you move across. Frequency
response is highly variable.

The reflection is very
late but is more on-
axis than the direct
sound. This causes
deep ripple and an ex-
tremely audible
"slapback" echo.

Fig 2.3e Corner reflection.
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Table 2.4a The effect of temperature on sound transmission.

The formula below shows that the speed of sound in air
changes with temperature.  The interrelation of tempera-
ture and speed causes the wavelength to change for a
given frequency. Table 2.4a illustrates the effect of differ-
ent temperatures on the speed and wavelength.  As the
speed increases, the wavelength increases.  The change in
wavelength will modify the structure of standing waves
and room modes. In addition, these changes will affect
the timing of reflections relative to the direct sound.

The Speed Of Sound in Air (c):

c = (1052 + 1.10T) feet/second,

where T is the temperature in degrees Fahrenheit.

For example, at 68° Fahrenheit  the speed of sound in air
is:

c =1052 + (1.10 x 68)

c= 1052 + 74.8

c= 1126.8 feet/second

2.4.1 Temperature

Acoustics 2.4 Dynamic Cond.

 Temp Velocity T delay Wavelength Temp Velocity T delay Wavelength
at 100 ft. at 50 Hz at 30 m at 50 Hz

 (°F) ( f t / s e c ) ( m s ) ( f t ) ( ° C ) ( m / s e c ) ( m s ) ( m )
5 0 1107.30 90.31 22.15 1 0 337.47 88.90 6.75
5 2 1109.51 90.13 22.19 1 1 338.08 88.74 6.76
5 4 1111.72 89.95 22.23 1 2 338.68 88.58 6.77
5 6 1113.94 89.77 22.28 1 3 339.29 88.42 6.79
5 8 1116.15 89.59 22.32 1 4 339.90 88.26 6.80
6 0 1118.36 89.42 22.37 1 5 340.50 88.10 6.81
6 2 1120.57 89.24 22.41 1 6 341.11 87.95 6.82
6 4 1122.78 89.06 22.46 1 7 341.72 87.79 6.83
6 6 1125.00 88.89 22.50 1 8 342.33 87.64 6.85
6 8 1127.21 88.71 22.54 1 9 342.93 87.48 6.86
7 0 1129.42 88.54 22.59 2 0 343.54 87.33 6.87
7 2 1131.63 88.37 22.63 2 1 344.15 87.17 6.88
7 4 1133.84 88.20 22.68 2 2 344.75 87.02 6.90
7 6 1136.06 88.02 22.72 2 3 345.36 86.87 6.91
7 8 1138.27 87.85 22.77 2 4 345.97 86.71 6.92
8 0 1140.48 87.68 22.81 2 5 346.57 86.56 6.93
8 2 1142.69 87.51 22.85 2 6 347.18 86.41 6.94
8 4 1144.90 87.34 22.90 2 7 347.79 86.26 6.96
8 6 1147.12 87.18 22.94 2 8 348.40 86.11 6.97
8 8 1149.33 87.01 22.99 2 9 349.00 85.96 6.98
9 0 1151.54 86.84 23.03 3 0 349.61 85.81 6.99
9 2 1153.75 86.67 23.08 3 1 350.22 85.66 7.00
9 4 1155.96 86.51 23.12 3 2 350.82 85.51 7.02
9 6 1158.18 86.34 23.16 3 3 351.43 85.37 7.03
9 8 1160.39 86.18 23.21 3 4 352.04 85.22 7.04

1 0 0 1162.60 86.01 23.25 3 5 352.64 85.07 7.05

.

.
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Humidity will modify the manner in which air transmits
sound. As humidity increases high frequency transmis-
sion improves. Lower humidity causes greater high fre-
quency attenuation. The losses accumulate over distance
causing the HF to roll off as you move away from the
source. Outdoor venues have noticeable changes in HF
transmission over time due to humidity changes. Fig 2.4b
is a chart of transmission loss over frequency. Fig 2.4c is a
field example showing the HF transmission loss over dis-
tance.

2.4.2 Humidity

Acoustics 2.4 Dynamic Cond.

Fig 2.4c Air absorption causing HF loss over increased distance.

The absorption coefficient of materials determines the
amount of energy that will be lost as a sound wave im-
pinges upon an object.  This subject is complex and well
documented in other texts. An in-depth treatise is be-
yond the scope of this text.  However, the following as-
pects should be noted:

1) A low absorption coefficient will cause strong echoes
to be combined with the direct sound, causing deep
comb filtering.

2) A change in absorption coefficient, such as when an
audience comes in and covers a cement floor, will modify
the frequency response by decreasing the strength of the
echoes.

2.4.3 Absorption Coefficient

Frequency (Hz)

2k 4k 8k 16k1k5002501256332

Level (dB)

50% Relative humidity

20% Relative humidity

Fig 2.4b Relative humidity effect on frequency response.

An application example illustrating how absorption af-
fects a speaker system response is found in Section 5.4.



126 © Meyer Sound 1998

Meyer Sound Design ReferenceSystem Design 3.1 Requirements

At a minimum, the following questions should
be answered:

• How many channels?

• Over what frequency range?

• At what maximum level?

• From what position(s)?

• Over what coverage area?

• For how much money?

Channels

The number of channels depends on the program mate-
rial and the physical logistics. Possibilities include mono
(for typical voice-only systems), two-channel mono or
stereo (concert sound), left, center, right and surround
(cinema), or multichannel (theatrical and other complex
systems).

Frequency Range

The choice of program material will allow us to evaluate
both frequency and power bandwidth requirements. For
example, a vocal-only system will have little need for
subwoofers, while a pop music system would be useless
without them.

If there is one word that encompasses the process of
sound system design it might be compromise. Very few of
us are given blank checks to design systems for ideal
quality without regard for practical concerns or other
needs. This does not mean, however, that a designer
needs to capitulate immediately to a compromised sound
quality. Instead, wise choices must be made between
ideal, realistic, minimal and unacceptable conditions.

Before we can design a system, we need to have some
idea as to what the client needs or wants. Then begins the
process of turning this into reality.

Power Requirements

The level requirements (interrelated with coverage) will
guide you toward a choice of enclosure. If you need
ninety-six dB SPL continuous at 500 feet (160 meters) you
will probably want to use two MSL-5s rather than sixteen
UPAs. On the other hand, if you need 90˚ of coverage at
100 feet (30meters) to achieve ninety-six dB, the single
UPA-1C is more practical than three MSL-10s.

Speaker Positions and Orientation

Good speaker positions are critical to obtaining consis-
tent sound quality and realistic imaging. Often, speaker
positions are determined by outside factors such as stag-
ing, lighting, sightline, budget and aesthetic concerns.
Poor speaker positions can make the rest of your efforts
worth little, regardless of whether you have plenty of
great speakers. Whenver possible, design for maximum
flexibility in position and orientation. However, in most
circumstances, once a speaker position is chosen users
are forced to live with it. More than any other factor the
choice of speaker position is a compromise involving the
most interaction with other departments, many of which,
unfortunately, have minimal knowledge or concern for
sonic quality. Therefore, we must know what we want
ideally, what we need minimally and where to draw the
line on a position that will not work.

Coverage Area Requirements

The coverage requirements are largely a function of the
venue shape. The arrayable speakers provide us with the
building blocks for speaker arrays, which can be custom-
ized for each venue.

Budget

 This all-important aspect cannot be overlooked or the
design will never exist except on paper.

3.1.1 Requirements
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For each signal channel we need to know its required
range. There are various acoustical texts that can detail
the response ranges for the human voice as well as each
and every musical instrument. In practical terms, how-
ever, we are rarely called upon to design a "flute only" or
"tuba only" sound reinforcement system. Therefore, the
frequency range requirements tend to break down into
two categories: voice-only and full-range music.

3.2.1 Frequency Range: Introduction

Frequency range requirements:

• Voice only 80 Hz–18 kHz

• Music 40 Hz–18 kHz

While only one octave, the difference between these re-
quirements,  generally represents a large difference in
system size, budget and pattern control. All of the
biamplified systems (with the exception of the MSL-5)
are fully capable of vocal reproduction by themselves.
Music systems can be constructed with the addition of
subwoofers.



128 © Meyer Sound 1998

Meyer Sound Design Reference

       Subwoofer System
CEU Speaker
B-2EX 650-R2

USW-1
MSW-2

      Full-range System
CEU Speaker
M-1A UPA-1C
M-1A UPA-2
M-1A UM-1C
S-1 MSL-2A
S-1 USM-1
M-3A MSL-3A
M-5 MSL-5
M-10A MSL-10A

Full Range + Subwoofer

This system configuration creates a full-range
triamplified system consisting of subwoofer and integral
two-way full-range enclosures. The typical acoustical
crossover is at 100 Hz between the systems, but it will
shift down slightly if the two-way system is run full
range.

3.2.2  Three-Way System Configuration

Three-way system frequency range chart.

Frequency (Hz)

d
B

-18

-12

-6

0

6

12

18

31 63 125 250 500 1K 2K 4K 8K 16K

Lo Cut switch Out

100 Hz

3.2 RangeSystem Design

CEU and LD-1A  Settings

Full-range system: The Lo Cut switch is In when the
full-range speakers are directly coupled to the
subwoofers.

Full-range system: The Lo Cut switch is Out when
the full-range speakers are flying above or separated
from the subwoofers.

Hi

Lo
CP-10 EQ

(1 Channel)

B-2EX
CEU Sub

CEU*

To subwoofer
amplifiers and speakers

To full-range system
amplifiers and speakers

LD-1A Line Driver

Main
Input
Channel

Sub
Output

CP-10 EQ
(1 Channel)

To self powered 
subwoofers

To full-range 
self powered 
system

Full-range 
Output

Subwoofer System Full Range System
650-P CQ-1
PSW-2 CQ-2
PSW-4 PSM-2

MTS-4
MSL-4
MSL-6

Externally Powered Self-Powered

Fig 3.2a Speaker / CEU Reference.

Flow block Flow block

Fig 3.2b Speaker / CEU Reference.
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CEU and LD-1A Settings

Full-range system: The Lo Cut switch is In at all
times for the full-range speakers.

D-2 CEU: "DS-2 Only."

LD-1A: DS-2 plus Sub switch is Out.

Frequency (Hz)

d
B

-18

-12

-6

0

6

12

18

31 63 125 250 500 1K 2K 4K 8K 16K

          Mid-bass System       Full-range System
CEU Speaker CEU Speaker
D-2 DS-2 M-1A UPA-1C

M-1A UPA-2
M-1A UM-1C
S-1 MSL-2A
S-1 USM-1
M-3A MSL-3A
M-5 MSL-5
M-10A MSL-10A

160 Hz
6 DS-2s

1 DS-2

3.2.3  Three-Way DS-2 System Configuration
Full Range + Mid-bass

This system configuration creates a triamplified system,
consisting of the DS-2 mid-bass system and integral two-
way full-range enclosures. It has more superior low-fre-
quency directional control than the standard three-way
system. The typical acoustical crossover is at 160 Hz be-
tween the systems. Note that the full-range CEU is
driven by the D-2 output. This system is restricted in
low-frequency range down to between 60 and 50 Hz, de-
pending upon the number of DS-2s.

System Design 3.2 Range

Hi

Lo
CP-10 EQ

(1 Channel)
D-2
CEU

  Hi
DS-2
 Sub

CEU*

To DS-2 
amplifiers and speakers

To full-range 
amplifiers and speakers

Mid Bass System Full Range System
DS-2P CQ-1

CQ-2
PSM-2
MTS-4
MSL-4
MSL-6

LD-1A Line Driver

Main
Input
Channel

CP-10 EQ
(1 Channel)

To full-range 
self powered 
system

Full range 
Output

DS-2
Output

To DS-2P's

Externally Powered Self-Powered

Three-way DS-2 system frequency range chart.

Fig 3.2c Speaker / CEU Reference.

Flow block Flow block

Fig 3.2d Speaker / CEU Reference.
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Externally Powered

3.2.4  Four-Way System Configuration
Full Range + Subwoofers + Mid-bass

This system configuration maximizes low-frequency
power capability and directional control. The D-2 CEU
resets the crossover to accomodate the combination of the
650-R2s and DS-2s at 60 Hz. This configuration is well
suited for rock music applications, which typically re-
quire large amounts of low-frequency power. The supe-
rior directional control of the DS-2 creates a longer throw
for the mid-bass. The acoustical crossovers are 60 Hz and
160 Hz between the systems.

Frequency (Hz)

d
B

-18

-12

-6

0

6

12

18

31 63 125 250 500 1K 2K 4K 8K 16K

60 Hz 160 Hz

       Subwoofer System           Mid-bass System       Full-range System
CEU Speaker CEU Speaker CEU Speaker
B-2EX 650-R2 D-2 DS-2 M-1A UPA-1C

USW-1 M-1A UPA-2
MSW-2 M-1A UM-1C

S-1 MSL-2A
S-1 USM-1
M-3A MSL-3A
M-5 MSL-5
M-10A MSL-10A

Four-way system frequency range chart.

Hi

Lo
CP-10 EQ

(1 Channel)
D-2
CEU

  Hi
DS-2
 Sub

B-2EX
CEU Sub

CEU*

To subwoofer
amplifiers and speakers

To DS-2
amplifiers and speakers

To full-range system
amplifiers and speakers

CEU and LD-1A  Settings

Full-range system: The Lo Cut switch is In at all
times for the full-range speakers.

D-2 CEU and LD-1A : "DS-2 + Subwoofers."

3.2 RangeSystem Design

Subwoofer System Mid Bass System Full Range System
650-P DS-2P MSL-4

PSW-2* MSL-6
PSW-4*

LD-1A Line Driver

Main
Input
Channel

Sub
Output

CP-10 EQ
(1 Channel)

To self powered 
subwoofers

To full-range 
self powered 
system

Full range 
Output

DS-2
Output

To DS-2P's

Fig 3.2e Speaker / CEU Reference.

Flow block

Self-Powered

Flow block

Fig 3.2f Speaker / CEU Reference.
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Frequency (Hz)
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31 63 125 250 500 1K 2K 4K 8K 16K

Full Range + Subwoofers + Mid-bass + VHF Tweeter Array

This system configuration is designed for very long-throw
applications where distance related high-frequency attenu-
ation becomes significant. Typically this configuration is re-
served for high-power long-throw systems such as the
MSL-3, MSL-5 and MSL-10A. The MST-1 Super Tweeter
Array is a very directional VHF system which crosses in at
8 kHz. The logistics of MST-1 placement may dictate that a
delay line will be needed to align the tweeters.

3.2.5  Five-Way System Configuration

       Subwoofer System           Mid-bass System       Full-range System              VHF System
CEU Speaker CEU Speaker CEU Speaker CEU Speaker
B-2EX 650-R2 D-2 DS-2 M-1A UPA-1C T-1A MST-1

USW-1 M-1A UPA-2
MSW-2 M-1A UM-1C

S-1 MSL-2A
S-1 USM-1
M-3A MSL-3A
M-5 MSL-5
M-10A MSL-10A

Four-way, Five-way System Speaker / CEU Reference

60 Hz 8k Hz160 Hz

Hi

Lo
CP-10 EQ

(1 Channel)
D-2
CEU

  Hi
DS-2
 Sub

B-2EX
CEU

Sub

T-1A
CEU MST

CEU*

To subwoofer
amplifiers and speakers

To DS-2
amplifiers and speakers

To full-range system
amplifiers and speakers

To MST-1
amplifiers and speakers

Fig3.2g Five-way System Speaker / CEU Reference.

CEU Settings

Full-range CEU: The Lo Cut switch is In at all times
for the full-range speakers.

D-2 CEU: "DS-2 + Subwoofers."

3.2 RangeSystem Design

Five-way system flow block.

Five-way system frequency range chart.
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Propagation loss of a speaker system in free-field condi-
tions occurs at 6 dB per doubling distance from the
source, as shown in Fig 3.3a. This property, known as the
"inverse square law" provides a good estimate for out-
door systems, and to a lesser extent, indoors. Neverthe-
less, it represents the minimum SPL (sound pressure
level) numbers for indoor systems since the addition of
reverberant energy will cause the losses to be less than in
free-field. Chart 3.3b shows the propagation loss over
distance in feet and meters, respectively.

3.3.1 Power Loss Over Distance

Point Source Listener

1m
125 dBA

2m
119 dBA 4m

113 dBA

8m
107 dBA

Distance (ft.)

L
o

s
s
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B
)

- 4 2

- 3 6

- 3 0

- 2 4

- 1 8

- 1 2

- 6

0

3 20 40 60 80 100 120 140 160 180 200 220 240 260 280 300 320

Fig 3.3b Propagation loss over distance (free-field) referenced to 1 meter SPL (in meters and feet).
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0

To calculate the maximum SPL at a given location:

A) Determine the on-axis maximum SPL at one
meter. (This can be done by using the Meyer Sound
TechNotes™ and/or various data sheets.)

B) Measure the distance from the speaker array to
the listening position.

C) Find the attenuation for that distance on Chart
3.3b and subtract it from the one-meter rating.

This will give you a conservative on-axis maximum
SPL estimate.

Fig 3.3a Inverse square law propagation loss.
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PSW-4 (2 @ 15°)

MSW-2 (2 @ 30°)
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MSL-10 (2 @ 30°)
MSL-6  (2 @ 30°)
MSL-5  (2 @ 30°)

MSL-4  (2 @ 22.5°)
MSL-4  (2 @ 30°)
MSL-3 (2 @ 45°)
MTS-4 (2 @ 45°)

MSL-2A (2 @ 55°)
UPA-2C (2 @ 40°)

UPA-1 (2 @ 60°)
UM-1
UPL-2
UPL-1

UPM-1
MPS-355
MPS-305

650-R2 (2 @ 0°)
650-P (2 @ 0°)

USW-1 (2 @ 0°)
DS-2 (2 @ 15°)

DS-2P (2 @ 15°)
PSW-4 (2 @ 15°)

MSW-2 (2 @ 30°)

3.3 PowerSystem Design

3.3.2 Speaker Power Over Distance

Fig 3.3c Meyer speaker SPL/distance reference (meters and feet).

Each model of speaker has a unique maximum power capability. This chart shows the distance at which the speaker's
maximum SPL drops to  110 dB (peak) in one-half space loading. In most cases it is two speakers arrayed horizon-
tally.

Length (meters)

Length (feet)
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3.3.3 Power Capability Over Frequency

Maximum power capability and frequency response
have a more complex relationship than first meets the
ear. When referring to loudspeakers, the term “Fre-
quency response” generally means the relative amplitude
response of the system over frequency. Specifications
give a range within which the response falls (± x dB) and
LF and HF cutoff points (typically – 3 dB). Corrections
for peaks and dips can, to some extent, be corrected with
equalization.

Maximum sound pressure level (SPL), unless otherwise
specified, describes the pressure a system can produce
when driven simultaneously over its full passband.  This,
however, does not mean that it can reach that same maxi-
mum SPL at every frequency in the passband when
driven individually. This is governed by its maximum
power capability over frequency. Deficiencies in this re-
sponse cannot be corrected by equalization and will
probably require changes in gain structure or additional
speakers.

Below is a simple example to contrast frequency range
and maximum power capability.

A small tweeter can be equalized so that its frequency
range extends to 30 Hz although it may require more
than 40 dB of boost equalization in the LF range. How-
ever, this does not change the tweeter's maximum output
capability at 30 Hz which is, of course, practically noth-
ing.

The following example should help to illustrate the dif-
ference between these concepts:

The system used for stadium scale opera reinforcement
shows might utilize the following cabinets:

6   MSL-5s (160 Hz–18 kHz)

12   DS-2s (60 Hz–160 Hz)

2  650-R2s (30–60 Hz)

 At first glance this system has a very low ratio of 650s to
the other cabinets. Does this mean that the frequency re-
sponse will show a dip in the area below 60 Hz?  Not
necessarily.  In fact, the system may have a peak there,
since the frequency response will be governed by the
CEU and amplifier voltage gains as well as the ratio of

cabinets and the room conditions. So while it is possible
to set the frequency response flat, the power bandwidth
is indeed very low in the area below 60 Hz.  However,
this system works very effectively because the low fre-
quency power requirements of operatic music are mini-
mal.

Rock music, on the other hand, has the majority of its
power requirements below 250 Hz. This operatic system
configuration would not work well for rock music be-
cause the low frequency power requirements would far
exceed the capabilities of the two subwoofers.

Because of rock’s extreme low frequency power require-
ments, systems are often aligned with an exaggerated
low-frequency response. Even the operatic system could
be aligned this way, but it still would not be suitable for
rock because this is not a frequency response issue. An
equalizer cannot make a system more powerful! If your
system does not have the power where it needs it, it will
run into distortion. When that happens, the frequency re-
sponse hardly matters.
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A second UPA-1C is added to the system, which increases the power capability in
the MF and HF range. This creates an even maximum power capability over the
full range. The coupling that produces the additional power capability also causes
the frequency response to rise in the MF and HF range. This unbalancing of the
frequency response will need to be remedied or the system will sound thin.

The most effective way to rebalance the system above is to turn down the M-1A
CEU by 6 dB. This will restore the frequency response to its original response. The
maximum power capability over frequency has been changed so that both the
UPAs and subwoofers will reach their limits at the same time.

A single UPA is placed on top of a 650-R2 subwoofer. CEU levels and amplifier volt-
age gains are matched, creating a combined flat frequency response. If the system is
run to full power over a broad spectrum, the UPA will compress first since its maxi-
mum power capability is less than that of the 650.

CEU Level (dB Atten)
M-1A 0
B-2EX 0

CEU Level (dB Atten)
M-1A 0
B-2EX 0

CEU Level (dB Atten)
M-1A -6
B-2EX 0

F

dB

130 dB SPL 
maximum 

130 dB SPL 
maximum 

dB

130 dB SPL 
maximum 

130 dB SPL 
maximum 

F

F

dB

130 dB SPL 
maximum 

125 dB SPL 
maximum 

3.3.3 Power Capability Over Frequency

Frequency response is flat.

Maximum power capability of the
UPA is below the subwoofers.

Here is an application example illustrating the difference between fre-
quency response and power capability over frequency.

1

2

3

Frequency response is
unbalanced.

Maximum power capability is
now matched.

Frequency response restored by
CEU level adjustment.

Maximum power capability is matched.
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3.4.1 Coverage Angle and Distance

The traditional rendering of a speaker coverage pattern is
a simple radial arc of the nominal angle between the
speaker's –6 dB points as shown in Fig 3.4a. For simple
designs and gross approximations of coverage, this is of-
ten sufficient. The simple radial arc is limiting in that it
creates the appearance that all points along the arc are
comparable in level and frequency response, giving the
impression that all seats within the arc are well served
and all areas outside of the pattern are unaffected. Alter-
natively, it leads to exaggerated fears of excess energy
spilling onto side walls and ceiling. Both of these limita-
tions ultimately affect the choice of speaker array, cover-
age angle and aim point, so it is worthwhile to investi-
gate further.

The key concept is the relationship between propagation
loss and coverage angle. For each doubling of distance
from the source a 6 dB loss accrues. Movement from on-
axis to the off-axis point accrues a 6 dB loss as well. In
free field conditions the effect of these is quite different.
The propagation loss attenuates all frequencies evenly,
while the axial losses are greater in the range of frequen-
cies that are directionally controlled by the speaker; usu-
ally the mids and highs.

A1

A2

B2

B1

Off axis at one-half dis-
tance = 0 dB

Off axis @ full distance = –6 dB

 On axis at one-half dis-
tance = +6 dB

On axis at full distance = 0 dB

Fig 3.3a Simple 40° radial arc.

–6 dB

–6 dB

0 dB

B2

B1

Indoors, however, the propagation loss takes on a charac-
ter very similar to the axial loss. As you move further
into the room the rate of LF loss decreases, due to the
coupling of the early reflections. The HF response contin-
ues to fall, creating an off-axis type character to the re-
sponse.

This similarity can be used to maximize uniform level
and frequency response.

Fig 3.4b shows the relationship between propagation loss
and coverage angle. The farthest on-axis point is marked
"A1". The mid point between the speaker and "A1" is the
point marked "A2," which is 2x louder (+6 dB) than "A1."
Points "B1" and "B2" represents a point equidistant to
"A1" and "A2" respectively but at the axial edge (-6dB
points) of the speaker coverage pattern. Notice that at
"B2" the axial loss (-6dB) is compensated by the its closer
proximity (+6 dB) resulting in the same level as at "A1."

Fig 3.3b Relationship between propagation loss and
coverage pattern.
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A2

B2

System Design 3.4 Coverage

3.4.1 Coverage Angle and Distance

Fig 3.3e Comparison of on-axis far (A1) and off-axis near (B2).

These are the most closely matched of the responses. The HF attenuation at the off-axis position creates a similar re-
sponse to the room, loading at the more distant on-axis position.

Fig 3.3d Comparison of on-axis near (A2) and off-axis near (B1).

These two positions are equidistant. The LF region has less directional control, therefore the energy is equal. The MF
and HF regions are reduced in the off-axis response.

Fig 3.3c (1) Comparison of on-axis far (A1) and on-axis near (A2).

These two curves show a difference of 6 dB through the MF and HF region as would be expected from the inverse
square law. The room reflections add energy in the LF range causing less than 6 dB attenuation. The extent of this ef-
fect will vary depending on the room acoustics and the directional control of the speaker.

A1

B2

A2A1
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3.4.2 Equal Level Contours

We have found two points of equal level by closer exami-
nation of the coverage pattern, but we can go further. The
line that connects the two points A1 and B2 (Fig 3.4f) rep-
resents the equal level contour, similar in concept to a to-
pographical  map. This "isobar" type approach can be
viewed as a series of successive contours, each denoting a
rise or fall in level. This is shown as a series of darkened
shades in Fig 3.4f.

0 dB contour line

+ 6dB contour line

+ 12dB contour line

 –6 dB Off axis point

At the time of this writing Meyer Sound's
research team is engaged in extensive re-
search into isobar analysis. The approach
utilizes the precise polar response measure-
ments made in the Meyer Sound anechoic
chamber and couples them to an algorithm
that displays the equal energy contours of
single speakers and arrays. Unfortunately,
this data is too latebreaking to be included
in this book. The isobar responses shown
here are graphical approximations, rather
than actual data.

Fig 3.4f Isobar type rendering.

Equal energy contours form successive 6 dB lines inside the speaker's coverage pattern.

(1) Unshaded rendering to illustrate the relationship between distance, coverage angle and equal level contours.

(2) Shaded version. Each successive darkening represents a 6 dB rise.

(2)

A1
A2

B2

B1

B2

B1
0 dB contour line

+ 6dB contour line

+ 12dB contour line

 –6 dB Off axis point

(1)
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3.4.2 Equal Level Contours

The isobar approach has the advantage of showing the
shape of the energy coming from the speaker (or array)
more clearly than a simple radial arc. As the pattern nar-
rows the shape of the isobar "balloon" is squeezed into an
elongated shape, as shown in Fig 3.4g. This illustrates the
fact that highly directional speakers do not merely oc-
cupy a smaller radial arc but also have a sharper cutoff.
The shape of the coverage balloon will have a deep influ-
ence on the choice of speaker model and its position. The

first step is to ascertain the shape of the desired coverage
area in the room. In its most basic form, the shape is
taken from the "aspect ratio" of the intended coverage
area. The aspect ratio is the ratio of length-to-width of the
coverage area. To determine this, draw a box over the in-
tended coverage area.

From this parameter you can begin to look for a coverage
pattern match. If the aspect ratio is greater than 1:1, a
point source array will be most suitable. If the ratio is less
than 1:1, a split-parallel or split point-source array is best.

90° Coverage

Aspect ratio = 3:2

90°

60° Coverage

Aspect ratio = 2:1

40° Coverage

Aspect ratio = 3:1
30° Coverage

Aspect ratio = 4:1

60° 40° 30°

Fig 3.4g Coverage ballons at various angles. Notice that as the
coverage narrows the cutoff becomes sharper.

Fig 3.4h Aspect ratios of various coverage angles.
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3.4.3 Speaker Placement

3.4 CoverageSystem Design

Some key aspects to speaker placement are:

• Position speakers to create a sonic image
from the stage area.

• Avoid recessed positions where near-field HF
reflections will occur.

• Keep the speaker away from near-field
boundaries (particularly the HF horn).

• Try to avoid scrims or curtains in front of the
speaker. If you must use scrims, get the most
transparent cloth possible.

• Avoid redundant coverage by speakers. If
you must, keep the time offset between such
systems to a minimum. Do not create echoes by
having large offsets and multiple sourcing.

All speakers manufactured by Meyer Sound are designed
for flat frequency response in a free-field acoustical envi-
ronment. However, it is extremely unlikely that you will
ever do a concert in free-field conditions. Every surface
that reflects or refracts the sound waves emanating from
a speaker will alter its frequency response.  However,
such effects can be minimized if the speaker positions are
carefully chosen .

Free-field conditions are the most ideal from the stand-
point of frequency response linearity, and the least ideal
in terms of efficiency. By contrast, 1/8 space loading (two
side walls and the floor) is exactly the inverse of the
above.

Half-space loading occurs when the speaker is adjacent
to a single boundary, such as the floor. The increase in ef-
ficiency gained in the low frequency range is known as
"coupling." This is a common practice for subwoofer
placement and works well for low frequencies. The pe-
riod (1/Frequency) of low frequencies is long, and re-
flected energy from the boundary arrives nearly in phase
with the direct signal. The reflected energy, therefore,
adds with the direct, giving the system a higher effi-
ciency in the LF region. However, as frequency increases,
the period shortens and the reflected energy begins to fall
behind the direct signal by more than 1/4 wavelength.
The coupling then gives way to comb filtering. In practi-
cal applications the LF sections can be coupled to the
floor and the main systems flown.

Aim Points

The orientation of the speaker determines where its on-
axis energy will be focused. Obviously, the intention is to
focus the energy on the audience and away from reflec-
tive surfaces as much as possible. Once you have chosen
the area that you want a particular speaker to cover, it
becomes relatively simple to ascertain the orientation of
the speaker.

As a starting point, calculate the edges of the area you in-
tend to cover, horizontally and vertically, and the depth
of field you want the system to throw. From this you can
determine where the center axes are as well as the half-
way point in the depth of field. The horizontal orienta-
tion is usually the most straightforward: simply aim the
speaker into the center of the horizontal coverage area.

 The vertical axis is complicated by the fact that the audi-
ence is usually closer to the bottom half of the vertical
pattern than the top. If the vertical axis is aimed directly
at the mid-point of the depth of field, the level will be no-
ticeably louder in the front than the back. However, the
vertical axial attenuation of the speaker can be used ad-
vantageously to help compensate for the vertical depth of
throw differences. If the speaker is aimed above the
depth of throw mid-point, the level will be more consis-
tent. As you move closer to the speaker, the axial attenua-
tion will lessen the effect of the SPL rise. As you move
away the SPL loss will be decreased by the fact that you
are receiving less axial attenuation. This is shown on the
following page.
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Here is a simple example to illustrate the speaker angle
selection. Let's begin by looking at the area to be covered,
as shown in Fig 3.4i. In this example, it is a given that a
speaker with a 40° vertical pattern has been selected as
the main system. The speaker aim point was selected by
the radial arc method mentioned at the beginning of this
section. The pattern reaches up to the last seat. The front
area will need to be covered by a downfill speaker. Will it
work?

Let's look at the coverage with the equal level contours as
shown in Fig 3.4j. The middle seating area is on the +6 dB
contour, while the rear area is in the –6 dB area. This 12
dB differential will be very noticeable. In addition the fre-
quency response will be very different as the axial at-
tenuation and room reflections will both be strong at the
rear, which causes the system to have a large LF build up
there. The central area would have neither of those fac-
tors, leaving its response relatively flat. For those who
might be thinking that this angle is vital to preventing
roof reflections, consider the strength of the floor reflec-
tions in this scenario.

3.3 PlacementSystem Design

Fig 3.4j  The speaker is aimed too low and will not
achieve constant coverage. The level at the rear is 12 dB
down from the main floor.

Fig 3.4k  An elevation view of a speaker aimed for con-
stant coverage. All the seats in the coverage area are
near the 0 dB contour.

3.4.3 Speaker Placement

40°

Fig 3.4i Vertical coverage by the radial arc method.

Fig 3.4l An eyebrow curtain prevents HF leakage onto
the roof, while maintaining an optimal angle.

Let's look at a second scenario where the on-axis point
"A1" is positioned at the last seat in the hall as shown in
Fig 3.4k. Notice that most of the seats in the hall are situ-
ated on the 0 dB contour line, right in the "sweet spot" of
the speaker's coverage. As you move back, the distance
loss is compensated by axial gain. Not only does the level
remain constant the frequency response does as well. As
the LF builds up in the rear, the HF comes up to meet it
as you move into the axial center. You might be thinking
that half of the vertical pattern is being wasted. It's true.
In actual fact this will usually be the case unless the rake
of the hall is extremely steep or they have seated people
on the ceiling. If the ceiling is highly reflective in the high
frequencies this optimal position may not be practical be-
cause the HF reflections will arrive back into the hall cen-
ter. However, the people up top will suffer as a result. If
the ceiling is only reflective in the lows and low mids,
keep the angle up. The 10° to 20° variation in angle will
make very little difference to the omnidirectional low fre-
quencies. However, the loss of high frequencies at the
rear will be extreme. One solution that I learned from
Alexander Yuill-Thornton II is the placement of an eye-
brow curtain above the speaker as shown in Fig 3.4l. This
will keep the HF off the roof, without giving up the
prime angle.

Curtain
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Fig 3.4n Section view of an example of a musical theatre system.

3.4.4 Theatre Coverage Example

Here is an example of typical orchestra floor
coverage for a musical theatre. The system is for
monaural vocal reproduction. The main system
has a throw distance 110 feet. At the midpoint
the coverage requirement is 45°. The aspect ra-
tio is approximately 2.8:1, suitable for the 45°
coverage UM-1C. The inner system is an inside
fill, needing only to reach to the center. The
throw is only 40 feet but the coverage angle re-
quirements are similar. The UM-1C is chosen
again. The frontfill and underbalcony delays
have a very low aspect ratio so a split-parallel
array is chosen.

The vertical coverage is typically broken into
three levels: Orchestra, Mezzanine and Balcony.
(In England these are referred to as Stalls, Circle
and Balcony.) The coverage could be accom-
plished with a single central cluster, however,
this causes the image to pull up too high. The
proscenium-based orchestra and mezzanine
systems keep the image down low. The systems
are in close proximity and prone to overlap.
Therefore, highly directional speakers such as
the UM-1C are usually chosen.

Fig 3.4m Plan view of an example of a musical theatre
system.
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3.4.5 Arena Coverage Example

Here is an example of a typical arena
setup for a pop concert. The mains are
a point source stereo system (one side
is shown). The main system has a
throw distance of approximately 270
feet. At the midpoint the coverage re-
quirement is 90°. The aspect ratio is ap-
proximately 3:2, suitable for three sec-
tions (90°) of MSL-5s, MSL-6s or MSL-
10s. The outer system is a side fill,
needing only to reach about half the
distance of the mains. The coverage
angle requirements are around 60°.
The sidefill could be done with an ad-
ditional pair of MSL-5s, MSL-6s or
MSL-10s but they must have a separate
level control to trim the level. The job
could also be done with a lower power
system such as the MSL-4 since it is
half the throw distance. The frontfill
and underbalcony delays have a very
low aspect ratio so a split-parallel ar-
ray is chosen.

The vertical requirements are best
suited for a main system with 30° cov-
erage. This makes the MSL-6 the best
candidate. The downfill system could
be MSL-5s or MSL-6s to cover the floor
seating with CQ-2s to cover the front.
The extreme front area is best covered
with a split parallel array across the
stage front.

Fig 3.4r Section view of an example of an arena concert system.

Fig 3.4q Plan view of an example of an arena concert
system.

90° main system

30° main system
40° downfill systems

Three 30° MSL-6 sections
make up the main array

Two MSL-6s
for the

sidefills

60° sidefill
system

Fig 3.4p Plan view of an example of an arena concert
system.
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Separate Amplifiers

This option opens up the possibility of adjusting the cov-
erage angle electronically by amplitude tapering of the
amplifier level controls. This can be very effective when
part of an array must throw farther than another. It is
also useful for reducing the interaction between speakers
in larger arrays. (See Section 3.6.3, Amplitude Tapering.)

Hi
Lo

Delay
(1 Channel)

CP-10 EQ
(1 Channel) CEU

Fig 3.5b

Separate amplifiers allow for amplitude tapering.

In an ideal world we might find ourselves with every
speaker in our sound system having its own dedicated
equalizer, delay line and CEU, and we have all of the
time and tools we need to optimize each speaker's re-
sponse. In the real world, however, we must be practical
in our designs, working with limited resources, tools and
time. Choosing the correct ratios is critical. Overly sim-
plistic system designs may yield uneven coverage with
no means of recovery, while an overly complex system
may leave no time to complete the alignment in time for
a show.

The basic signal flow of a speaker  goes through the
mixer, delay line, equalizer, CEU, amplifier and speaker.
It is naive to believe that a single equalization curve
aligned for one position will be beneficial over a large
and varied listening area. If uniform frequency response
and level are to be obtained, each distinct area will need
to be adjusted separately. This approach to sound design
is not new. Theatre sound designers have been imple-
menting and expanding on these techniques for decades.
Pop music professionals have been surprisingly slow to
embrace this approach, citing time and budget con-
straints. This is changing, however, with the aid of SIM
System II. The alignment of complex subdivided sound
systems can now be done in a very practical time frame
and the results are unsurpassed.

Subdivision Levels

System subdivision is an incremental process with sev-
eral levels of complexity, each providing more options to
optimize the combined response.

Separate Speakers

With distinct enclosures you have the option of adjusting
their relative position. This allows for coverage angle ad-
justment by changing the splay angle, and allows for
time offset adjustment by physical placement.

3.5.1 System Subdivision

Fig 3.5a

Separate speakers give coverage angle adjustability.

Hi
Lo

Delay
(1 Channel)

CP-10 EQ
(1 Channel) CEU

System Design 3.5 Subdivision

System subdivision is appropriate when you have:

• Separate channels (e.g., stereo).

• Distinct vertical coverage areas (e.g., downfill ar-
rays).

• Distinct horizontal coverage areas (e.g., sidefill ar-
rays).

• Physically separated speaker systems (e.g.,
frontfill or delay systems).

• Differences in depth of throw (e.g., a center clus-
ter with a longer throw to the back than to the
sides).

• Differences in the acoustical environment of the
listening area (e.g., absorptive rear with reflective
side walls.)
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3.5.1 System Subdivision

Fig 3.5d

Separate delays allow for time offset compensation.

Hi

Lo

Hi

Lo

Delay
(1 Channel)

CP-10 EQ
(1 Channel) CEU

Delay
(1 Channel)

CP-10 EQ
(1 Channel) CEU

Hi
Lo

Hi
Lo

Delay
(1 Channel)

CP-10 EQ
(1 Channel) CEU

CP-10 EQ
(1 Channel) CEU

Fig 3.5c

Separate equalizers allow for independent frequency
response correction.

Fig 3.5e This is the amplitude response of two separate systems at their respective on-axis loca-
tions before equalization. The responses are not matched in the 4 kHz range. Therefore, separate
equalization should be applied.

System Design 3.5 Subdivision

Separate Delay Line

Delay lines are mandatory for distributed systems such
as underbalcony delays. Delays are also used to synchro-
nize systems such as frontfills to the live acoustic source
being reinforced. In addition to these examples are also
more subtle reasons, such as the synchronization of hori-
zontally and vertically splayed array subsystems. See
Section 3.7.1, Downfill Arrays for an example of this.

Separate Equalizer and CEU

This level opens up the possibility of enacting equaliza-
tion separately for subsystems.  This is essential when
subsystems are physically separated since they will be
operating in distinct acoustical environments. (The ex-
ception being when systems are symmetrical opposites or
identical.) For example upper and lower proscenium side
systems will be aimed toward the balcony and floor, re-
spectively, requiring different equalization for their envi-
ronments. It is usually recommended that vertical arrays
be broken into separately equalizable subsystems for
each row. Although horizontal seating in most applica-
tions is fairly gradual in depth, vertical seating tends to
have distinct break points, creating the need for a sepa-
rate adjustment.

Hi
Lo

Hi
Lo

CEU

CEU
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Speakers such as the UPA, MSL-2A, MSL-3, MSL-4, MTS-
4, DS-2, MSL-5, MSL-6 and MSL-10A are designed for
use in multiple unit configurations known as arrays.
These models are easily identified as arrayable speakers
by their trapezoidal enclosure design. This design con-
cept, introduced by Meyer Sound in 1980 with the pat-
ented UPA-1 speaker, helps with the mechanical aspects
of constructing arrays. Prior to the introduction of the
UPA, typical sound designs consisted of multiple
speaker elements stacked in rows and columns with
many of the drivers having redundant orientation. While
this type of array can produce large amounts of acousti-
cal power, it has the disadvantage of creating an uneven
frequency response which is highly variable with posi-
tion. The principal behind the enclosure design is that the
elements of the array are aligned in an arc, combining to
create an array that acts like a point source, or, to be more
precise, a section of a point source. (A point source is a
radiating spherical surface. Omnidirectional radiation is
rarely practical in real-world sound reinforcement.) Ar-
ranging full-range cabinets into arc formations, if the
cabinets are consistent in frequency and phase response,
creates a “phantom” focal point some distance behind the
array, thus approximating a point source.

Fig 3.6a  Horizontal point-source array with the focal
point behind the speakers. Fig 3.6c Vertical point-source array with the focal point

behind the speakers.

3.6.1 Main Arrays: Introduction*

3.6 Main ArraysSystem Design

*The text on this page was written by Ralph Jones.

Fig 3.6b Point-source Array.
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Having the focal point behind the array has the advan-
tage of reducing interaction between speakers, creating a
smooth uniform coverage pattern over the listening area.
However, creating smooth, controlled arrays is not as
simple as cutting angles onto an enclosure. In fact, the
trapezoidal shape has  no effect  on the polar pattern of
the speaker, serving only as a mechanical aid to create
the optimal angles for the array.

The two primary factors in array performance are cover-
age angle of the speakers and splay angle between the en-
closures. As a general rule, as the splay angle (center to
center) approaches the coverage angle, the smoothest
coverage will be obtained with the least interaction.
However, this is made more complex by the fact that
while the splay angle is a simple fixed constant, the cov-
erage angle varies over the frequency range of the device.
The coverage angle increases as the frequency decreases,
leaving the array more interactive at lower frequencies.

You might wonder why Meyer Sound would design
speakers with a coverage pattern wider than the enclo-
sure design. This was done intentionally on models such
as the UPA-1, MSL-2A and MSL-3A in order to provide
the maximum flexibility for use. When the pattern is sig-
nificantly wider than the enclosure angle, and units are
placed adjacent, the coverage pattern may expand only
slightly or actually narrow while greatly increasing the
on-axis power. This is particularly true of the MSL-3A,
which has a horizontal pattern that is less for three cabi-
nets in a tight-pack array than for a single unit. However,
the on-axis maximum SPL is almost 10 dB louder for the
three-unit array.

Meyer Sound could have chosen to make the enclosure
angle equal to the coverage angle, but this would take
away the option of creating high-power arrays from mul-
tiple compact enclosures. It would also make for a chal-
lenging truck pack.

Fig 3.6f MSL-3A  Enclosure design: (A) actual; (B) if the
enclosure angle were equal to the coverage angle.

(B)(A)

Front view

Top view

Fig 3.6e UPA-1C  Enclosure design: (A) actual; (B) if the
enclosure angle were equal to the coverage angle.

Front view

(A)

Top view

Fig 3.6d MSL-3A coverage pattern narrows while on-
axis power increases as additional units are packed to-
gether. Use this configuration for long-throw applica-
tions.

(B)

Coverage Angle and Enclosure Shape

• The coverage pattern of the speaker is not nec-
essarily the same as the angle described by the en-
closure.

• The angle of the trapezoid constitutes the mini-
mum angle for multiple speaker units—not neces-
sarily the optimum angle in all respects.

3.6.1 Main Arrays: Introduction

3.6 Main ArraysSystem Design

Coverage angle = 60°

Enclosure angle = 15° 

Coverage angle = 50°

Enclosure angle = 45°
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3.6.2 Splay Angle and Coverage

3.6 Main ArraysSystem Design

Array Design Tradeoffs

Coverage: As overlap increases, the coverage nar-
rows and vice-versa.

On-axis SPL: As overlap increases, on-axis SPL in-
creases significantly.  As overlap decreases the on-
axis SPL does not increase much.

Level distribution: As overlap increases, level dis-
tribution becomes uneven, most notably in the
form of hot spots in the center area. As overlap de-
creases, the level distribution becomes smoother.

Frequency response distribution: As overlap in-
creases, the frequency reponse distribution be-
comes uneven primarily due to comb-filtering. This
results from phase cancellation due to the multiple
arrival times of the different drivers in the listening
area. As overlap decreases the frequency response
distribution becomes smoother due to decreased
comb-filtering.

Equalizability: Virtually any array is equalizable at
a single point. But if we can assume that the in-
tended goal is to provide an equalization curve
that is suitable for a wide part of the coverage area,
arrays with even distribution patterns will respond
best.

The interaction between speakers in arrays was discussed in
detail previously in Section 2. This section details the tenden-
cies of point-source arrays toward coupling, combining, and
isolating, depending upon the splay angle between cabinets.
Array design is a compromise between these effects and de-
pends upon the application. For example, heavy metal rock
music is much more concerned with on-axis power than
smooth frequency response. The desired design for heavy
metal would be a highly interactive array with lots of coupling.
On the other hand, the top priorities for classical music sound
reinforcement are smooth frequency response and maximum
coverage uniformity. The desired design for classical music is
well isolated speakers with minimal interaction.

Fig 3.6g

Calculating coverage for isolated horizontal arrays.

The above example shows the coverage pattern when
speakers are combined for minimal overlap. The array
angle is the sum of the coverage angle of one speaker
plus the splay angle of each additional unit.

Caution: This calculation is not valid for narrow
(coupled) arrays.

Coverage Angle of Horizontal Arrays

It would be very handy if the coverage angle of an array could
be calculated by simply adding the splay angle of each addi-
tional unit to that of the first unit. Such a scheme is shown be-
low. Unfortunately this is only true when the "isolating" splay
angle is used. If the speakers are coupled close together the
splay angle may be much narrower than even a single unit,
while the on-axis power increases greatly. A compromise
"combine" position falls in between, with increased on-axis
power but a wider pattern.

90°+60° = 150°

60°

90°
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Point Source Array Angle Reference 
Enclosure Couple Combine Isolate

On axis addition (approximate) 4-6 dB 2-4 dB Minimal

Interaction High Moderate Low
UPA-1C 30° 30° 45° 60°
UPA-2C 30° 30° 35° 40°
MSL-2A 30° 30° 40° 55°
CQ-1 20° 40° 50° 60°
CQ-2 20° 20° 30° 40°
MSL-3 15° 15° 30° 45°
MTS-4 15° 15° 40° 55°
MSL-4 15° 15° 22.5° 30°
MSL-5 30° - - 30°
MSL-10 30° - - 30°SB-1 (Soundbeam)

3.6.2 Splay Angle and Coverage

3.6 Main ArraysSystem Design

Coupled, Combined and Isolated Point-Source Arrays

The following chart shows guidelines for splay angles of each speaker model to create arrays for coupling, combining,
and isolating respectively. This is an aid for selecting the optimal splay angle between cabinets for your application.
For applications where smoothness of coverage is the most critical parameter, the "isolate" angle will be best. Where
brute force on-axis power is the overriding concern, select the "coupling" angle. The "combine" angle provides a com-
promise value in power and response uniformity.

Combined response of two
90° speakers splayed 60°
apart. (Isolated point-source
array.)

Individual responses of
two 90° speakers splayed
45° apart.

Individual responses of two
90° speakers splayed 60°
apart.

Individual responses of two
90° speakers splayed 30° apart.

Combined response of two 90° speakers
splayed 30° apart. (Coupled point-source
array.)

Combined response of two 90°
speakers splayed 45° apart. (Com-
bined point-source array.)

Response of a single 90° speaker.Response of a single 90° speaker.

-
4° 6° 8°

MSL-5, MSL-6, MSL-10A

Fig 3.6h Coupled, combined and isolated point-source arrays.
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0 0
- 2 - 2- 4

Coverage angle = 100°

Coverage angle = 60°

0 0
0 00

3.6.3 Amplitude Tapering (Adjusting Coverage Angle Electronically)

There are two basic means of adjusting the coverage
angle of an array of speakers: mechanical and electronic.
The mechanical approach consists of splaying apart the
cabinet fronts as described in the previous chapters. But
after the array has been hung and tied off, the mechanical
option is no longer available. However, the coverage
angle can be adjusted electronically by modifying the
relative drive levels of the array components. This pro-
cess, known as amplitude tapering is particularly effective
in larger tight-pack horizontal arrays of cabinets such as
the UPA-1, MSL-2A, and especially the MSL-3A, where it
expands coverage, frequency response and level distribu-
tion.

Example

An array of five MSL-3A loudspeakers is configured in a
row with all the cabinets adjacent. With all the speakers
driven at the same level, the –6dB points are 60° apart,
creating a tight, relatively long-throw horizontal cover-
age pattern. The current venue requires coverage out to
100°. This can be accomplished by reducing the inner
pair and center speakers by 2dB and 4 dB, respectively,
as shown in Fig 3.6h.

To widen the coverage pattern the drive level to the cen-
ter speakers are attenuated relative to the outer ones.
This reduces the energy in the center overlap zone,
thereby reducing the on-axis bulge and widening the
angle between the 6 dB down points. This will make a
tight-pack array of the wide cabinets (UPA-1, MSL-2A,
MSL-3A) behave more like a narrow optimized system
such as the MSL-5 or MSL-10A. The attenuation does re-
duce the on-axis power slightly but the improvements in
the system's response make it worthwhile.

It may surprise you that while reducing the center cabi-
net widens the coverage, reducing the outside speakers
does not necessarily do the opposite. Reducing the out-
side speakers also reduces the energy in the overlap
zone, again reducing the bulge in the center. As the side
speakers are attenuated the pattern will begin to take the
shape of a single unit. It is usually unadvisable to widen
the coverage by reducing the sides because the power ca-
pabilities of the center speaker may be compromised.

Amplitude tapering can be done at either the CEU level
controls or at the amplifiers (provided that the Hi and
Low sections are attenuated together). Note that ampli-
tude tapering has a limited scope. Steps of 2 dB for adja-
cent cabinets have proven to give good results. Reduction
of greater amounts effectively removes the speaker from
the array, can leave coverage holes and reduce system
power. The addition of greater amounts makes the
speaker stand out and carry the bulk of the power re-
quirements of the array, and can reduce overall system
power and increase distortion.

Fig 3.6i  The effect of amplitude tapering on a tight-
pack MSL-3A array.

B)

A)

To take advantage of amplitude tapering you must:

 • Have a preestablished standard voltage gain from
   which to refer.

(See Section 1.4.2, Amplifier Voltage Gain)

3.6 Main ArraysSystem Design

A) Coverage angle narrows with all speakers at
same level.

B) Coverage angle widens as inner and center
speakers are turned down by 2 and 4 dB, respec-
tively.
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3.6.3 Amplitude Tapering

Meyer Sound has published a series of tech-
nical notes describing the array behavior of
various configurations of UPAs, MSL-2As
and MSL-3As. Specific figures for horizontal
amplitude tapering of tight-pack arrays are
included in TechNotes.  Contact your Meyer
Sound dealer to receive your copy of
TechNotes™

TechNotes™

Horizontal Amplitude Tapering

Arrays can be designed to take advantage of amplitude
tapering. The key is the configuration of amplifier chan-
nels driving the speakers. Generally speaking, setting up
a system for amplitude tapering requires only a repatch
of amplifier inputs and outputs. In some cases, however,
this will result in an increase in the number of amplifier
channels required,  but the results are worth the expense.

The following examples show strategies for driving ar-
rays of various sizes.

Fig 3.6k

Amplitude tapering  with three and four speaker arrays.

Separate drive for the inner (A) and outer (B) speakers
allows for array amplitude tapering. For wide coverage
reduce A. For narrow long throw keep all systems at the
same level.

Fig 3.6j

Amplitude tapering with two speaker arrays.

Separate drive for the speakers for situations where the
intended coverage area is not symmetric and/or equi-
distant between the two speakers.

Fig 3.6l

Amplitude tapering with five and six speaker arrays.

Separate drive for the center (A), inner (B) and outer (C)
speakers allows for array amplitude tapering. For wide
coverage reduce B and A by 2 dB and 4 dB, respectively.
For narrow long throw keep all systems at same level.

A

B

Long-Throw Vertical Arrays

Note: Amplitude tapering is not recommended for long-
throw vertical arrays. Long throw vertical arrays rely on
equal level at both horns in order to create proper cou-
pling.

Fig 3.6m Vertical amplitude tapering.

Separate drive for the speakers for situations where the
intended coverage area of the two speakers is not sym-
metrical or equidistant. Typical in vertical arrays be-
cause seating is usually closer to the lower systems.

Vertical Amplitude Tapering

This works under the same principles as described above
for horizontal array tapering. Amplitude tapering is par-
ticularly important for vertically arrayed systems be-
cause in most cases the audience is significantly closer to
one of the systems.

3.6 Main ArraysSystem Design

AB B

AB B
AB A

B

C
A B

C
AB

C
AB B

C
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In many situations it is impractical to use a protractor to verify that you have
achieved the desired splay angle. Reference chart 3.6n allows you to determine
the splay angle by measuring the gap between the speaker fronts. It is assumed
that the rears are adjacent. The gap (D) for each angle (A)  is shown in inches
and centimeters for each speaker model. For cabinets with a protruding front
grill (such as UPAs, MSL-2A and CQs) the gap is measured from the wood edge,
not the grill edge.

System Design 3.6 Main Arrays

3.6.4 Array Coverage Patterns

All 90° coverage patterns
are not created alike as
shown in Fig 3.6m. The rate
of cutoff (how quickly the
pattern moves from 0 dB
down to 6dB and 10 dB) is a
function of the horn geom-
etry and the coupling of ar-
rays. The following graphs
contrast the cutoff rate of
three 90° clusters.

B) 90° coverage from an ar-
ray of three MSL-4s. The
three narrow horns cause
the edge of the pattern to

have a steeper cutoff.

C) 90° coverage from an
array of three MSL-5,

MSL-6 or 10A  sections.
The nine extremely nar-

row horns cause the
edge of the pattern to

have an incredibly
steep cutoff.

A) 90° coverage from a
single UPA-1C. The loss
from on-axis  to  off-axis

is very gradual.

(C)(B)(A)

3.6.5 A Simple Way to Verify Splay Angle

MSL-3A, MSL-4, DS-2 CQ-1, CQ-2 MSL-2A, MSW-2 UPA 1&2
PSW-4,MTS-4   

"A" "D" (in) "D" (cm) "D" (in) "D" (cm) "D" (in) "D" (cm) "D" (in) "D" (cm)
15° 0.00 0.0
20° 3.00 7.6 0 0.0
25° 5.00 12.7
30° 8.00 20.3 3.5 8.9 0.00 0.0 0.00 0.0
35° 10.50 26.7 1.50 3.8 1.00 2.5
40° 13.00 33.0 7.25 18.4 3.50 8.9 2.50 6.4
45° 15.50 39.4 5.00 12.7 3.50 8.9
50° 18.25 46.4 10.75 27.3 6.50 16.5 5.00 12.7
55° 20.50 52.1 8.25 21.0 6.00 15.2
60° 14 35.6 9.75 24.8 7.00 17.8

Fig 3.6o Splay angle reference chart.

D

A

Fig 3.6n 90° coverage patterns as derived from single and multiple units.



© Meyer Sound 1998 153

Meyer Sound Design Reference

UPA-2C Array Coverage and Maximum SPL Chart

3.6.6 Array Coverage and Maximum SPL Charts

System Design

A series of outdoor tests were conducted at Meyer Sound
to determine the coverage angle and on-axis  maximum
SPL for arrays with one and two horizontal rows of up to
six elements each at numerous splay angles. The measure-
ments were conducted at a distance of 8 meters with one-
half space loading. On-axis values were interpolated from 8
meters to 1 meter. The coverage for the array is the result of
averaging the –6 dB points from 125 Hz to 8 kHz.

g
Horizontal Units & Angle 3 @ 30 ° 3 @ 40 ° 3 @ 45 ° 4 @ 30 ° 4 @ 40 ° 4 @ 45 °

Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL

H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk)

Vertical Rows & Angle
1 90° 45° 136 120° 45° 135 130° 45° 135 130° 45° 138 160° 45° 137 180° 45° 136

2 LT (0°) 90° 15° 142 120° 15° 141 130° 15° 141 130° 15° 144 160° 15° 143 180° 15° 142

2 @ 15° 90° 50° 141 120° 50° 140 130° 50° 140 130° 50° 143 160° 50° 142 180° 50° 141

2 @ 30° 90° 70° 138 120° 70° 137 130° 70° 137 130° 70° 140 160° 70° 139 180° 70° 138

g
Horizontal Units & Angle 1 2 @ 30 ° 2 @ 40 ° 2 @ 45°

Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL

H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk)

Vertical Rows & Angle
1 45° 45° 132 60° 45° 136 80° 45° 134 90° 45° 134

2 LT (0°) 45° 15° 138 60° 15° 142 80° 15° 140 90° 15° 140

2 @ 15° 45° 50° 137 60° 50° 141 80° 50° 139 90° 50° 139

2 @ 30° 45° 70° 134 60° 70° 138 80° 70° 136 90° 70° 136

3.6 Main Arrays

UPA-1 Array Coverage and Maximum SPL Chart

g
Horizontal Units & Angle 1 2 @ 30 ° 2 @ 60 ° 3 @ 30 ° 3 @ 60 ° 4 @ 30 ° 4 @ 60 °

Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL

H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk)

Vertical Rows & Angle
1 100° 90° 135 80° 90° 139 120° 90° 136 110° 90° 140 180° 90° 137 120° 90° 141 220° 90° 138

2 LT (0°) 100° 30° 139 80° 30° 143 120° 30° 140 110° 30° 145 180° 30° 141 120° 30° 147 220° 30° 142

2 @ 15° 100° 80° 136 80° 80° 142 120° 80° 139 110° 80° 143 180° 80° 140 120° 80° 144 220° 80° 141

2 @ 30° 100° 100° 133 80° 100° 139 120° 100° 136 110° 100° 140 180° 100° 137 120° 100° 141 220° 100° 138

The horizontal angles in the tables represent the optimal
configurations of each model for narrow and wide cover-
age areas. The vertical angles represent similar data with
the addition of the LT (long-throw) configuration; the two
horns are coupled directly together (top speaker upside
down, bottom speaker upright) to form a single narrow
horn.

All splay angles refer to the angle between cabinet centers.



154 © Meyer Sound 1998

Meyer Sound Design Reference

MSL-2A Array Coverage and Maximum SPL Chart

MTS-4 Array Coverage and Maximum SPL Chart

MSL-3A Array Coverage and Maximum SPL Chart

3.6 Main ArraysSystem Design

3.6.6 Array Coverage and Maximum SPL Charts

g
Horizontal Units & Angle 1 2 @ 15 ° 2 @ 30 ° 2 @ 45° 3 @ 15 ° 3 @ 30 ° 3 @ 45 °

Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL

H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk)

Vertical Rows & Angle
1 70° 60° 140 50° 60° 146 60° 60° 145 100° 60° 142 80° 60° 149 120° 60° 147 150° 60° 145

2 LT (0°) 70° 30° 146 50° 30° 152 60° 30° 151 100° 30° 148 80° 30° 155 120° 30° 153 150° 30° 151

2 @ 15° 70° 50° 145 50° 50° 151 60° 50° 150 100° 50° 147 80° 50° 154 120° 50° 152 150° 50° 150

2 @ 30° 70° 90° 143 50° 90° 149 60° 90° 148 100° 90° 145 80° 90° 152 120° 90° 150 150° 90° 148

Horizontal Units & Angle 1 2 @ 15 ° 2 @ 30° 3 @ 15° 3 @ 30 °
Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL

H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk)

Vertical Rows & Angle
1 60° 70° 140 60° 70° 146 70° 70° 145 50° 70° 149 100° 70° 148

2 LT (0°) 60° 35° 146 60° 35° 152 70° 35° 151 50° 35° 155 100° 35° 154

2 @ 15° 60° 70° 144 60° 70° 150 70° 70° 149 50° 70° 153 100° 70° 152

2 @ 30° 60° 85° 143 60° 85° 149 70° 85° 148 50° 85° 152 100° 85° 151

4 @ 15° 4 @ 30° 5 @ 15° 5 @ 30° 6 @ 15° 6 @ 30°
Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL

H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk)

60° 70° 152 120° 70° 150 60° 70° 153 160° 70° 150 80° 70° 154 180° 70° 150

60° 35° 158 120° 35° 156 60° 35° 159 160° 35° 156 80° 35° 160 180° 35° 156

60° 70° 156 120° 70° 154 60° 70° 157 160° 70° 154 80° 70° 158 180° 70° 154

60° 85° 155 120° 85° 153 60° 85° 156 160° 85° 153 80° 85° 157 180° 85° 153

Horizontal Units & Angle

Vertical Rows & Angle
1

2 LT (0°)

2 @ 15°

2 @ 30°

g
Horizontal Units & Angle 1 2 @ 30 ° 2 @ 55° 3 @ 30° 3 @ 55 ° 4 @ 30° 4 @ 55°

Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL

H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk)

Vertical Rows & Angle
1 90° 75° 140 95° 75° 144 120° 75° 142 110° 75° 144 160° 75° 142 140° 75° 146 225° 75° 143

2 LT (0°) 90° 45° 143 95° 45° 148 120° 45° 145 110° 45° 148 160° 45° 145 140° 45° 150 225° 45° 146

2 @ 15° 90° 75° 140 95° 75° 144 120° 75° 142 110° 75° 144 160° 75° 142 140° 75° 146 225° 75° 143

2 @ 30° 90° 90° 138 95° 90° 142 120° 90° 140 110° 90° 142 160° 90° 140 140° 90° 145 225° 90° 140
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y g

Horizontal Units & Angle 1 2 @ 50 ° 2 @ 70 ° 3 @ 50 ° 3 @ 70 ° 4 @ 50 ° 4 @ 70 °
Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL

H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk)

Vertical Rows & Angle

1 80° 40° 136 100° 40° 140 150° 40° 139 170° 40° 140 220° 40° 138 220° 40° 141 300° 40° 139

2 LT (0°) 80° 20° 142 100° 20° 146 150° 20° 145 170° 20° 146 220° 20° 144 220° 20° 147 300° 20° 145
.

2 @ 15° 80° 45° 140 100° 45° 144 150° 45° 143 170° 45° 144 220° 45° 142 220° 45° 145 300° 45° 143

2 @ 30° 80° 60° 139 100° 60° 143 150° 60° 142 170° 60° 143 220° 60° 141 220° 60° 144 300° 60° 142

2 @ 40° 80° 80° 138 100° 80° 142 150° 80° 141 170° 80° 142 220° 80° 140 220° 80° 143 300° 80° 141

Horizontal Units & Angle

Vertical Rows & Angle
1

2 LT (0°)

2 @ 10°

2 @ 20°

Horizontal Units & Angle

Vertical Rows & Angle
1

2 LT (0°)

2 @ 10°

2 @ 20°

3.6 Main ArraysSystem Design

3.6.6 Array Coverage and Maximum SPL Charts

g

Horizontal Units & Angle 1 2 @ 30 ° 2 @ 40 ° 3 @ 30 ° 3 @ 40 ° 4 @ 30 ° 4 @ 40 °
Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL

H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk)

Vertical Rows & Angle

1 50° 40° 139 70° 40° 143 90° 40° 142 100° 40° 144 130° 40° 144 130° 40° 145 170° 40° 144

2 LT (0°) 50° 20° 145 70° 20° 149 90° 20° 148 100° 20° 150 130° 20° 150 130° 20° 151 170° 20° 150

2 @ 15° 50° 45° 143 70° 45° 147 90° 45° 146 100° 45° 148 130° 45° 148 130° 45° 149 170° 45° 148

2 @ 30° 50° 60° 142 70° 60° 146 90° 60° 145 100° 60° 147 130° 60° 147 130° 60° 148 170° 60° 147

2 @ 40° 50° 80° 141 70° 80° 145 90° 80° 144 100° 80° 146 130° 80° 146 130° 80° 147 170° 80° 146

MSL-4 Array Coverage and Maximum SPL Chart
Horizontal Units & Angle 1 2 @ 15 ° 2 @ 22.5° 2 @ 30°

Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL

H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk)

Vertical Rows & Angle
1 40° 35° 140 20° 35° 145 50° 35° 143 70° 35° 141

2 LT (0°) 40° 20° 146 20° 20° 151 50° 20° 149 70° 20° 147

2 @ 10° 40° 40° 145 20° 40° 150 50° 40° 148 70° 40° 146

2 @ 20° 40° 55° 144 20° 55° 149 50° 55° 147 70° 55° 145

3 @ 15° 3 @ 22.5° 3 @ 30 ° 4 @ 15° 4 @ 22.5° 4 @ 30°
Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL

H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk)

55° 35° 147 80° 35° 146 100° 35° 146 70° 35° 149 100° 35° 148 130° 35° 147

55° 20° 153 80° 20° 152 100° 20° 152 70° 20° 155 100° 20° 154 130° 20° 153

55° 40° 152 80° 40° 151 100° 40° 151 70° 40° 154 100° 40° 153 130° 40° 152

55° 55° 151 80° 55° 150 100° 55° 150 70° 55° 153 100° 55° 152 130° 55° 151

5 @ 15° 5 @ 22.5° 5 @ 30° 6 @ 15° 6 @ 22.5° 6 @ 30°
Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL Coverage  Max SPL

H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk) H V  ( dB Pk)

95° 35° 150 120° 35° 147 160° 35° 146 100° 35° 150 145° 35° 148 185° 35° 147

95° 20° 156 120° 20° 153 160° 20° 152 100° 20° 156 145° 20° 154 185° 20° 153

95° 40° 155 120° 40° 152 160° 40° 151 100° 40° 155 145° 40° 153 185° 40° 152

95° 55° 154 120° 55° 151 160° 55° 150 100° 55° 154 145° 55° 152 185° 55° 151

CQ-1 Array Coverage and Maximum SPL Chart

CQ-2 Array Coverage and Maximum SPL Chart
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Narrow Vertical Coverage with Downfill

All speakers have independent destinations. Horns of the main speakers are coupled to-
gether but angled apart. The result is pattern narrowing if the angle is low. The directly
coupled horns are usually equalized and delayed as a single system. If the lower horns are
delayed separately the delay will be VERY small (less than 1 ms).  Vertical point source is
achieved. The downfill speakers should be delayed with separate level and EQ.

Extended Vertical Coverage with Downfill

All speakers have independent destinations. Vertical point
source is achieved. Each row of speakers should be delayed
with separate level and EQ.

Long-Throw Mains with Downfill

The horns of the main speakers are coupled together oriented at
an identical angle. As long as the horns are coupled very closely
they will add together as if they were a single unit.  The result is
a halving of the vertical pattern and a 6 dB increase in on-axis
power. The directly coupled horns should be equalized, de-
layed and level set as a single system.  Vertical point source is
achieved. The downfill speakers should be delayed with sepa-
rate level and EQ.

3.6.7 Array Do's and Don'ts

3.6 Main ArraysSystem Design

CP-10 EQDelay Level
Control

CP-10 EQ Level
Control

CP-10 EQDelay Level
Control

CP-10 EQDelay Level
Control

CP-10 EQ Level
Control

CP-10 EQDelay Level
Control

CP-10 EQDelay Level
Control

CP-10 EQ Level
Control

CP-10 EQDelay Level
Control

CP-10 EQ Level
Control

Level
Control

There are many different ways to construct point-source arrays, each with specific advantages and
disadvantages. The following series of figures provides a general guide to point-source array design.

Note: The pictograms of the MSL-4 and CQ are shown, but the concepts are independent of the model
of speaker, and apply to the full family of Meyer's arrayable speakers.
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High Power Long-Throw with DS-2s

This is similar in performance to the previous long-throw configuration. The only difference is the insertion of the DS-2s. The
crossover shown can be either the D-2 CEU (with the DS-2) or the LD-1A (with the DS-2P). The DS-2s can be above or below the
mains. Which of these is best will depend upon the cluster trim height and the vertical requirements of the venue. A separate delay
for the downfill system is vital since the time offset of the down lobe is very high.

3.6.7 Array Do's and Don'ts

3.6 Main ArraysSystem Design

Crossover

CP-10 EQDelay Level
Control

CP-10 EQ Level
Control

Level
Control

Crossover

CP-10 EQDelay Level
Control

CP-10 EQ Level
Control

Level
Control

Horizontal Array with Vertical Stagger
Alternating cabinets are angled downward giving vertical cov-
erage extension. The result is similar to two vertical rows but in
half the vertical space. This works well as long as the horizontal
coverage of each speaker is at least twice the enclosure angle.
This allows each row to achieve complete horizontal coverage.
All speakers have independent destinations creating both a ver-
tical and horizontal point source.

This technique was developed by Dave Lawler who uses this
successfully with MSL-4s. Split Point-Source Array

The cabinets are split apart but the splay angle is maintained.
Each speaker has an independent destination, creating a hori-
zontal point source. Small gaps between the speakers are not
critical to LF coupling. Remember: Low frequency wavelengths
are very long, so a few inches will not change things dramati-
cally. In some applications the speakers are split far apart (as
with delay fills). In this case LF coupling will be lost but supe-
rior level distribution can be achieved.

V
H

Standard Horizontal Point-Source Array
Cabinet rears are touching while the fronts are splayed apart.
Each speaker has an independent destination and a horizontal
point source is created. This is the most common horizontal ar-
ray configuration. The close coupling of the cabinets keeps the
time offsets low for maximum LF coupling and response uni-
formity.
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Level
Control

CP-10 EQ
Level

Control

Level
Control
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3.6.7 Array Do's and Don'ts

Level
Control

CP-10 EQ
Level

Control

Level
Control

Level
Control

Delay
Level

Control

Level
ControlDelay

Delay

CP-10 EQ

Level
Control

CP-10 EQ
Level

Control

Level
ControlCP-10 EQ

CP-10 EQ

CP-10 EQDelay Level
Control

CP-10 EQ Level
Control

CP-10 EQDelay Level
Control

CP-10 EQ Level
Control

CP-10 EQ
Level

Control

CP-10 EQ Level
Control

Excess System Subdivision

Directly coupled horizontal point-source arrays with identical
speakers do not need separate equalizers for each speaker.
(They are only needed in cases of extreme differences in throw
between the center and side speakers.)

Amplitude Tapering Subdivision

Directly coupled horizontal point-source arrays with identical
speakers can benefit from independent level controls, which al-
lows for amplitude tapering.

Delay Tapering Subdivision

Directly coupled horizontal point source arrays with identical
speakers can benefit from independent level controls and de-
lays. This would be helpful in cases where the throw distance
across the array is not the same. This allows for delay tapering.

Optimal System Subdivision

Vertical array sections will benefit from independent level con-
trols, delay and equaliztion. Each system has large differences
in depth of throw and speaker/room interaction, which require
unique equalization.  The lower levels will be delay tapered to
align with the down lobe of the upper systems.

Typical System Subdivision

Vertical array sections will benefit from independent level con-
trols,  and equalization. Each system has large differences in
depth of throw and speaker/room interaction, which require
unique equalization.  However, the lower levels will not be
phase aligned with the down lobe of the upper systems. This
has the potential for serious interaction problems.

Poor System Subdivision

Level controls alone will not suffice to minimize the interaction
between the vertical layers of this system. The equalization
needs are totally different (different throw length and different
speaker model). Not recommended.
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Horizontal Array with Vertical Checkerboard
Alternating cabinets are turned upside-down but the vertical
angle is kept the same. A vestige of the "wall-of-sound" design
strategy. The main effect of this configuration is to randomize
the vertical and horizontal coverage with increased combing.
Not recommended.

Parallel Array
Cabinet fronts are touching and rears are splayed apart. This is a
vestige of the "wall-of-sound" design strategy. Popular with the
"power-at-all-costs" set. Large numbers of speakers are redun-
dantly oriented either horizontally, vertically, or both for maxi-
mum coupling. The result is maximum combing. Frequency re-
sponse uniformity in such systems is nonexistent. These "arrays"
get very loud. Painfully so. And if you don't like the frequency re-
sponse where you are, it's no problem. Just move a few feet and it
will be totally different. Not recommended.

Crossfire Array
This is another variation of the previous "wall-of-sound" type
array. Cabinet fronts are touching and the rears are splayed
apart with the cabinets pointed inward. This is great for creat-
ing a blast zone at the mix position. Very loud. Very narrow.
Maximum combing. The frequency response uniformity is non-
existent. Not recommended.

3.6.7 Array Do's and Don'ts

3.6 Main ArraysSystem Design

Multi-Level Split Parallel Mains with Downfill
Multiple rows of speakers are oriented at the identical angle.
This results in massive interaction between the upper and
lower mains. Vertical point-source is not achieved. This type of
system is very loud but will have extremely poor uniformity of
coverage. Not recommended.

Point Destination Array (Crossfire)
The horns of all of the speakers are split apart at the rear and
converge to create a pseudo point-source in front of the speak-
ers. This is a vestige of the "flying junkyard" design concept of
horn-only clusters from the 1950s. The only problem is that it
doesn't work. (Go to your local sports stadium to hear for your-
self.) The speakers crossfire massively for maximum interaction
between the upper and lower mains and the downfill. Vertical
point-source is not achieved.  Not recommended.

Array
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We have now defined the main system. In addition, your
system may have various supplemental subsystems, each
of which has independent functions and coverage areas.

3.7.1 Fill Systems: Introduction

System Design 3.7 Fill Systems

The main systems are designed to cover the largest seat-
ing area, have the longest throw and therefore require the
highest power handling capability of all of the systems.
Since the main systems will cover the largest proportion
of the audience, they will take priority over the fill sub-
systems in matters of alignment, equalization and level
setting. (See Section 5, Alignment.)In the world of sound reinforcement there are

seven different typical speaker subsystem func-
tions.

Main System: This will cover the majority of the lis-
tening space. This system will need to have the
highest power rating. If the signal requirements re-
quire more than voice only, this system will need
subwoofers.

Downfill System: Supplemental vertical coverage
to the main array to cover the area below. This sys-
tem typically has a shorter throw than the main ar-
ray.

Side/Rearfill System: These systems provide
supplemental horizontal coverage to the main ar-
ray. These systems typically have a shorter throw
than the main array.

Frontfill System: Supplemental coverage to the
stage front area. These provide localization clues to
the stage and increase intelligibility in the near
field.

Delay System: These systems increase intelligibility
in the far field and provide some compensation for
the SPL loss over distance from the main array.

Effects Systems: These systems create spatial ef-
fects. Since these systems contain separate signals
their integration to the main system is not consid-
ered.

Stage Monitor System: Foldback system for the art-
ists.

Each of these subsystems demand separate evaluation of
their intended coverage area to determine the most suit-
able array.
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Downfill and sidefill systems extend the vertical and
horizontal coverage. They are treated as separate systems
when the throw distances for them are significantly
shorter than the mains.

Such systems are typically made up of lower power
speakers with wider patterns since the audience is
seated closer. In the fill listening area the sound field

3.7.2 Downfill/ Sidefill

System Design 3.7 Fill Systems

Fig 3.7a Insufficient vertical coverage.

The main system does not have sufficient vertical cover-
age for the front area.

consists of the combined response of the main and fill
speakers. Therefore the interaction between these sys-
tems will be critical to the sound quality in the downfill
area. Such systems should use a delay line to synchronize
them with the off-axis signal coming from the mains.

The following example details considerations in downfill
systems. Sidefill systems are largely similar.

Fig 3.7b Widen the main's vertical coverage.

The 35° main system speaker could be replaced with a
90° model to widen vertical coverage without adding
downfills. This has the unfortunate side effect of making
it louder in the front and creating much stronger reflec-
tions off the floor and ceiling.

Fig 3.7c Traditional downfill.

The main system is supplemented by two levels of
downfill speakers. All seats are covered but the closest
seats will experience severe sonic image distortion. This
approach, while effective in terms of coverage and uni-
formity, should be avoided if the cluster is too high un-
less absolutely required by architectural restrictions.

Fig 3.7d Downfill combined with frontfill.

The main system is supplemented by the downfills and a
frontfill array. Level uniformity is optimized. The image
is kept down by the frontfills, creating a much more
natural effect.
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3.7.3 Frontfill

Frontfill speakers are located at the stage front lip to
cover the seats nearest the stage. They aid both vertical
and horizontal sonic imaging by providing a low sound
source in the direction of the performers. Frontfill speak-
ers are delayed to synchronise them with stage sound.

The dominant design factor is that coverage is shallow
and wide due to the speaker's close proximity to the lis-
teners. They are best served by split-parallel or split
point-source arrays.

System Design 3.7 Fill Systems

Fig 3.7f  Point-source arrays or single wide coverage
speakers are not recommended due to poor distribution

level.

Fig 3.7e  Split-parallel arrays recommended for frontfill
applications.

Point-source arrays create poor level distribution. Notice
that the outside seat of the first row and the center seat of
the 6th row have the same level. The center speaker in
the first row is 12 dB louder than either of the above posi-
tions.

Split-parallel arrays create the most even level distribu-
tion for frontfill applications. Three 60° speakers were
placed with a 1:1 ratio between the speakers and the dis-
tance to the first seats. The level distribution across the
three front rows is ± 3 dB
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3.7.3 Frontfill

3.7 Fill SystemsSystem Design

Frontfill Unit Spacing

When designing frontfill arrays you must consider the re-
lationship between the speaker's coverage angle, enclo-
sure spacing, and audience distance. It is a given that
these types of arrays will have overlapping areas. The in-
tention is to minimize the overlap, without leaving cover-
age gaps. The systems should overlap so that their –6 dB
points converge at the first listeners to be covered.

The three factors of coverage angle, audience dis-
tance and enclosure spacing are interrelated as fol-
lows:

• As the coverage angle increases the speakers
should be spread farther apart.

• As the coverage angle decreases the speakers
should be moved closer together.

• As the distance to the audience increases the
speakers should be spread apart.

• As the distance to the audience decreases the
speakers should be spaced closer together.

3.7j Speakers were moved closer together to optimize
the response for the narrower speakers.

Fig 3.7i The speaker coverage angle is too narrow for
the current spacing. There is a gap in coverage.

Fig 3.7g Speakers placed at proper relationship. For a
60° coverage angle A (the distance to the audience) will

be equal to B (the enclosure spacing).

Fig 3.7h The speaker coverage angle is too wide for the
current spacing. There is too much overlap, which will

cause a hot spot between the two speakers.
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Delay Tower

When long distances are to be covered by the main sys-
tem it can be supplemented by delay towers. Delay tow-
ers are most commonly used in outdoor spaces. In con-
trast to the supplemental delays previously described for
indoor systems, outdoor systems will have to deliver
some real power as well. In outdoor spaces the losses ap-
proach 6 dB per doubling distance. The delay towers
must counteract this loss without doubling back and dis-
turbing the listeners in the front. Delay towers can also be
used to increase the direct-to-reverberant ratio in large
listening spaces such as stadiums. The towers must be
low profile to not disturb sight-lines. They should be
highly directional to prevent destructive interaction with
other speaker subsystems.

The loss in  SPL is minimal due to the summing of the
early reflections. That SPL loss is not the key factor here
is borne out by the fact that turning up the main system
does little to help the situation under the balcony.

The primary requirements are to increase the direct-to-
reverberant ratio and restore the HF range. This can be
done with a minimal increase in SPL, enabling us to im-
prove the intelligibility without localizing to the speaker.

The old school of thought on delay speakers is to simply
put an HF device to fill in the areas lost under the bal-
cony. The result of this approach is a system that has a
sudden rise in direct-to-reverberant ratio above the
midband, creating a sonically unnatural characteristic.
Then, in order to try to make the system less obtrusive,
the delay time is intentionally offset by adding 5 to 15
ms (a distortion of the Haas effect) which decreases in-
telligibility and destroys the frequency response. Don't
do it!

Array Types

As in the case of frontfill systems, the proximity to the
audience is the dominant factor in array design. Split
point-source arrays are optimal for applications with a
main center cluster. This allows for the minimum num-
ber of delay channels to be used. In left/right systems
the distance between the mains and delays will change
substantially as you move toward the center. These sys-

Underbalcony Delay

These systems are designed to increase the direct-to-re-
verberant ratio in shadowed spaces such as under a bal-
cony. They must be low profile so as not to disturb sight-
lines.

3.7.4 Delay Systems

Underbalcony Delays

Under balcony areas tend to suffer from:

• Strong early reflections from nearby ceiling and
rear walls.

• HF loss due to distance and axial attenuation of
main speakers.

• Level drop due to distance.

System Design 3.7 Fill Systems

tems benefit from the use of multiple delay taps.

Split-parallel arrays are also applicable. Often the deci-
sion between these two array types is more a function of
available hang points.

Delay Towers

• If at all practical, use many small narrow towers
rather than a single wide one.

• Place them as deep as possible so that they can
be run at as low a level as possible. This will
also decrease their size.

• Do not try to cover too wide of an area. The
time offsets will be too high and the intelligibil-
ity will be lost rather than gained.

• Do not worry about stereo imaging. The
dam=age to intelligibility from the overlap is
substantial. People in the back are more likely
to complain about a lack of intelligibility rather
than a lack of stereo imaging.

• Do not try to make up all of the lost gain in the
rear. The area around the delay tower will be-
come too loud, disturbing people in the prime
seating locations.
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System Design 3.7 Fill Systems

3.7.4 Delay Systems

How long can my main speaker throw before I need a delay?

Fig 3.7k Delay speaker reference (meters).

Fig 3.7l Delay speaker reference (feet).

Each model of Meyer Sound speaker differs in terms of its maximum throw, a combination of
directivity and maximum power as shown in Figs 3.7j and 3.7k. The distances on the chart re-
flect the point at which it becomes advisable to supplement the main system with delays in a
typical application. If the environment is highly reverberant the usable distances become
shorter.
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3.7.4 Delay Systems

It is common practice to consider the usable coverage
area of a speaker to be the same as its stated coverage
pattern. This does not hold true for delays because of the
time offset errors that accumulate between the arrivals of
the main and delay speakers at different positions. It is
unfortunate that the delay time setting that causes perfect
synchronization of the mains and delays at one position
does not do so at all positions within the delay speaker's
coverage pattern. The size of the usable coverage area for
a delayed speaker depends much more on the how rap-

A 0° angular offset gives the maxi-
mum usable area and low image
distortion but is usually impracti-
cal due to sightlines.

A –30° angular offset gives a large
usable area  moderate image dis-
tortion, and is very practical. Rec-
ommended.

A –60° angular offset has a very
small usable area and a large image
distortion.

A –90° angular offset has a tiny us-
able area and large image distor-
tion.

A –120° angular offset has almost
no usable area and total image dis-
tortion.

idly the time offset errors accumulate. If the offset errors
reach 10 ms the entire frequency response will have
comb filtering and the S/N ratio of the system will be
greatly compromised. The rate at which the errors accu-
mulate is a function of the distance and angular relation-
ship between the main and delay speakers, with the
slowest rate occurring when the speakers are in a straight
line. The closer the two speakers are to having the same
angular orientation, the slower the accumulation of offset
errors.

Fig 3.7m Usable vertical angle for distributed delays.

Delay lags <10 ms

75 ft 25 ft

Delay lags <10 ms

Delay leads <10 ms

Delay and mains
synchronised
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3.7.4 Delay Systems

A 0° angular offset gives a maxi-
mum usable area and low horizon-
tal image distortion. Recom-
mended.

A –30° angular offset gives a large
usable area and moderate image
distortion.

A –60° angular offset has a very
small usable area and large image
distortion.

A –90° angular offset has a tiny us-
able area and large image distor-
tion.

A –120° angular offset has almost
no usable area and total image dis-
tortion.

Fig 3.7n Usable horizontal angle for distributed delays.

Delay leads <10 ms

75 ft 25 ft

Delay lags <10 ms

Delay lags <10 ms

Delay and mains synchronized

Figs 3.7m and 3.7n show an ex-
ample main and delay speaker
with various vertical and hori-
zontal angular relationships. In
each case it is assumed that the
speakers are synchronized in
the center of the delay coverage
area. The shading indicates the
area where the time offset er-
rors are less than 10 ms. The
lighter shade indicates that the
main speaker leads in time, the
darker shade indicates that the
delay speaker leads. These fig-
ures show that the usable area
narrows sharply as the angular
difference exceeds 30°. If steep
angles are used, the delay
speakers must have very tight
pattern control to prevent leak-
age into neighboring areas.

The example shown here is for
a distance of approximately 100
feet. In actual practice, if the
distances are shorter the time
offsets will accumulate more
slowly, giving you larger us-
able areas. If the distances are
longer, the opposite occurs.

Musical theatre designs benefit
from the small distances, giv-
ing them wide usable areas to
maneuver in. Such designs can
not be scaled up to arena size,
however, because the offsets
cause huge frequency response
problems. Another lesson in
this is that wide coverage angle
delay speakers (or arrays) are
of very limited use. Even if on
paper they appear  to cover a
large area they will not, in prac-
tice, work well due to the accu-
mulated offsets.
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5.5 ft.

5.9 ms

5.0 ft.

5.4 ms

Fig 3.8a The repositioning of the mic stand creates a
new time offset relationship between the mic and
speaker. This 0.5 ms change can change the response at
1 kHz by over 20 dB.

One solution is to double the number of stage monitors
and separate them into music and vocal systems. This
has the advantage allowing for separate EQ and, in addi-
tion, the musicians find it easier to localize their voice
and their instruments since they come from different po-
sitions. This same psychoacoustic mechanism allows us
to localize a particular conversation at a  noisy party.

Another option is to route the vocal channel through an
outboard equalizer, compensating for the regenerative ef-
fects there and leaving the speaker linear. Then both di-
rect and regenerative signals will sound natural.

Monitor engineers learn to be extremely careful regard-
ing the position of stage monitors and microphones.
Slight changes in position can change the frequency re-
sponse resulting in feedback. What is the mechanism that
causes this?

Fig 3.8a shows the relationship of a typical stage monitor
and microphone. With the mic at a height of five feet the
comb filtering will result from a time offset of 5.4 ms.
This relationship defines where the peaks and dips will
be, and the rejection of the mic and level required to
deafen the musician will determine the depth of the
combing. If we move the mic up for a taller musician the
time offset changes to 5.9 ms.

Now let's look at what happens with this 0.5 ms change.
The deep null at 1 kHz is now a peak. The same effect
will occur at 3 kHz, 5 kHz and upward. The opposite ef-
fect will occur at 2 kHz, 4 kHz etc.  A change of one inch
will reverse the response at 5 kHz, 10 kHz and 15 kHz.
Unfortunately, however, it is a universal law of musi-
cians that they must readjust their mic stand immediately
upon coming on stage.

3.8 Stage Monitors

The dominant factors in the performance of a
stage monitor system are:

• The interaction of the speaker and microphone.

• The speaker response.

• Near-field boundary conditions.

The interaction of the speaker and microphone
can be broken down into:

• The directional characteristics of the mic and
speaker.

• The distance between the speaker and the mic.

System Design 3.8 Stage Monitors

The signals passing through a stage monitor is a mixture
of direct (such as a synthesizer or a bass direct input) and
regenerative (such as a vocalist). This summation of di-
rect and delayed energy into the microphone has all of
the same aspects of comb filtering as discussed in Section
2, and will have a dramatic effect on the vocal signal
quality, both on stage and in the house. The comb filter-
ing can be to some extent reduced by equalization. It
could also be reduced by turning the stage monitor
down, but let's be practical!

The equalization process for stage monitors can
be broken into three stages:

• Equalization of the speaker system itself and the
local acoustical environment. This is typically
done with an outboard equalizer.

• Equalization of the regenerative path signals (vo-
cal mics). This can be done with an inserted out-
board EQ or with a channel EQ.

• Equalization of the direct signals by channel EQ.

The reason for breaking these factors apart is that when
you equalize the system for the regenerative path, there
are likely to be drastic measures taken. The direct path
signal, which does not need this EQ will sound bad.
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Stadium Arena Concert Theatre Near Field
SB-1 MSL-6 MSL-5 CQ-2 UPL-2
MSL-6 MSL-10 MSL-4 MTS-4 UPL-1
MSL-10 MSL-5 MSL-3 MSL-2A UPM-1
MSL-5 MSL-4 CQ-2 CQ-1 MPS-355

MTS-4 UM-1 MPS-305
MSL-2A UPA-2C HM-1
CQ-1 UPA-1

UPL-2
UPL-1

Many people wonder, which speakers are the best for my
application? There are many different ways to go about
determining this. The method we will use is to first dis-
cern the function, followed by the power needs, and fi-
nally the directional pattern control. This guide will aid
you in selecting the best building blocks for your system.
Once chosen you can customize your arrays for the
proper horizontal and vertical coverage by referring to
the charts in section 3.6.6.

System Power Classifications

From power and pattern control standpoints the Meyer
product line can be broken into five classes.

Stadium level: The MSL-5, MSL-6, MSL-10A and
SoundBeam systems. These are high-power very high-Q
arrayable systems. These systems have very high intelli-
gibility over long distances. Their tightly controlled pat-
tern gives them maximum intelligibility in the far field
even in highly reverberant environments. However, the
splay angle between cabinets cannot be adjusted. The
typical range of these systems is 75 to 500 feet.

Arena level: The MSL-4 has excellent pattern uniformity
and arrayability. The horizontal splay angle is adjustable
over a short range. Typical range of these systems is 50 to
350 feet.

3.9.1 Speaker System Selection: Introduction

3.9 SelectionSystem Design

Concert level: The MSL-3A, MSL-2A, CQ-1, and CQ-2
and the MTS-4 systems. These are high power, medium-
Q, arrayable systems. These systems are highly flexible in
terms of arraying angles. However, the overlap between
speakers increases the variability of the response and de-
creases intelligibility. These types of systems work well
in moderate quantities. If your main array has more than
eight to twelve of these speakers, you should consider
moving up to the arena level systems. Typical range of
these systems is 35 to150 feet.

Theatre level: The UPA series systems. These are me-
dium power (compared to above), medium-Q, arrayable
systems. These systems are highly flexible in terms of ar-
raying angles. However, the overlap between speakers
increases the variability of the response and decreases in-
telligibility. These types of systems work well in moder-
ate quantities. If your main array has more than eight to
twelve of these speakers, you should consider moving up
to the concert level systems. Typical range of these sys-
tems is 20 to 100 feet.

Near field: The UPM, HM-1 and UPL series systems.
These systems are for short-throw applications only (less
than 40 feet).

Table 3.9a The Meyer speaker line divided into basic application classes.

The presence of a speaker in a particular class indicates that is a typical choice as a main system in that type of venue.

MSL-4

CQ-1 & 2
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3.9.2 Main Systems

3.9 SelectionSystem Design

MSL-10A: Long-throw, high-power system. Very sharp
cutoff in horizontal coverage. Ideal for controlling cover-
age in reverberant environments. Fixed array splay angle
(30°). Each additional horizontal unit adds 30° to the cov-
erage. Vertical coverage is a more gradual rolloff so that
downfill requirements are minimized. MSL-10As may be
permanently installed outdoors. The enclosure is weath-
erproofed and contains an internal environmental system
with thermostatically controlled heaters and fans. This
system weighs 700 pounds, which limits its movement to
fork lift only.

MSL-5: Long-throw high-power system. The MSL-5 is a
smaller, lighter road version of the MSL-10 with virtually
identical performance and arrayability. The LF cutoff for
the MSL-5 is 100 Hz. Therefore DS-2s are used to supple-
ment the low-mid region. The typical ratio is one to two
DS-2s per MSL-5 section. The weight is 480 pounds. This
system is usually moved by fork lift and hung.

MSL-6: Long-throw, high-power, high-Q system. The
MSL-6 is a smaller, self-powered enclosure from the
same family but with some important differences. The
MSL-6 has a much tighter vertical pattern, giving it a
longer throw and superior performance when used in
multiple rows. Must be tight-packed.

MSL-4: This is a self-powered high-power high-Q sys-
tem. This system is lighter in weight, comparable in
power and much more arrayable than the MSL-3A. The
ideal building block for modular arena and concert sys-
tems. At 180 pounds it can be easily flown or ground-
stacked.  MSL-4s have 40° of horizontal coverage. Maxi-
mum splay angle between centers is 30°.

MSL-3A: MSL-3s are a high-power, modular, arrayable
system. The MSL-3s and MSL-4s have the narrowest en-
closure design (15°) of any of the Meyer line, allowing
them to be densely packed for high power arrays. Large
arrays of tight-packed MSL-3s will generate comparable
on-axis power to that of MSL-5, MSL-6 and MSL-10 ar-
rays but with considerably less uniformity of horizontal
coverage. Coverage uniformity is greatly improved by
horizontally splaying the MSL-3 at 30° centers, with a
corresponding reduction in on-axis maximum SPL. Maxi-
mum splay angle is 45° (center to center). The low-
frequency beamwidth is tighter for the MSL-3 than for
the MSL-2A and UPA-1s.

MTS-4: This is a four-way fully active self-powered sys-

tem in a single enclosure. This system has comparable
power and coverage to the MSL-2A with a subwoofer. It
is ideal where quick setup and easy maintenance are a
priority. It does not require subwoofers, although it can
be supplemented with the PSW-4. It is best when maxi-
mum power is desired in a short throw. It is excellent for
the relatively non-technical world of clubs, discos, etc.
The MTS-4 has integral casters for transport by single
person on flat ground. The weight is 300 pounds.

CQ-1: Wide pattern constant coverage system. Perfect as
a single speaker or in a column. It can make very wide
arrays from only a few units.

CQ-2: Also has the constant Q horn. The pattern is nar-
rower, which makes it a great building block for small ar-
rays.

MSL-2A: The MSL-2A answered the market need for a
higher power UPA-1. It behaves very similarly to the
UPA, except that it has more power and greater low-
frequency range. The MSL-2A can reproduce full-
range musical program with or without an additional
subwoofer since it reaches 40 Hz by itself. It focuses
quickly, making it ideally suited for relatively near appli-
cations (less than 125 ft.) The MSL-2A is easily hand-car-
ried (82 pounds).

UPA-1C: The UPA-1C is a medium-power, low-Q
system. The UPA-1 is the industry standard for ultra-
compact speaker enclosures. The UPA-1 is best used in
small arrays or singly, since its pattern is wide. Large
tightly- packed UPA arrays will have a highly variable
response due to excess overlap and are not recom-
mended for this. In such cases, fewer numbers of higher-
power systems should be used. The UPA-1C focuses
quickly, making it ideally suited for relatively near appli-
cations (less than 100 feet). The UPA is light weight (65
pounds), the ideal small system building block.

UPA-2C: This is the narrow coverage companion to the
UPA-1C. The UPA-2C was derived from the original
UltraMonitor™ design. Below 1200 Hz the UPA-1C and
UPA-2C are identical. Above 1200 Hz the UPA-2C has
one-half the pattern of the UPA-1C (45° versus 90°). This
make the UPA-2C best suited for requirements for high
intelligibility, especially in reverberant environments.
The UltraMonitor™ and the UPA-2C are the standard
vocal reproduction speakers of Broadway and West End
musical theatre.
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UPL-1 and UPL-2: These are self-powered moderate
power systems for near-field to mid-field applications.
These systems should be used at a range of less than 40
feet. The UPL-1 is wide like the UPA-1, and the UPL-2 is
narrow like the UPA-2. The UPL series work well for
conference room PAs, small theatre reinforcement and
many other applications where a single compact enclo-
sure is desired to cover the full audio range (30 Hz to 20
kHz).

650-P: This self-powered version of the classic 650 is opti-
mized for maximum efficiency and reliability. This is the
ideal subwoofer for any of the above systems unless you
want to fly the subwoofers or you are very tight on space.

PSW-4: This is a two-way self-powered  trapezoidal
subwoofer. It is best suited for arraying with MTS-4s.

PSW-2: This is a two-way self-powered  trapezoidal
subwoofer. It is best suited for arraying with MSL-4s.

650-R2: This system is well suited for usage with all of
the above systems. It cannot be flown.

USW-1: Compact 2 15-inch subwoofers. This system is
limited in range to less than 40 Hz. It is best suited for
use with UPAs.

MSW-2: The smallest of the Meyer subwoofers. It is also
the lowest maximum power capability. This unit is the
same size as the MSL-2A. This is best used when space is
at a premium.

Downfill Systems

The downfill systems is built of the same building blocks
as above. If the length of throw for the downfills is com-
parable to the mains (within 70%), the same speaker
should be chosen. If the throw of the downfill system is
less than 70% of the mains you can select downfill speak-
ers from the next power category down; e.g., MSL-5s can
be supplemented with an MSL-4 as downfill. If the throw
is less than 50% of the main system you can select
downfill speakers from two power categories down; e.g.,
MSL-4s could be supplemented with a UPA-2C.

Side/Rearfill System

The same rules apply for the selection of these systems as
the downfill.

Frontfill System

Frontfill systems should be covered with split-parallel ar-
rays rather than point-source, with the speakers sepa-
rated along the stage front. Frontfills are typically two to
three power levels down from the main system;  e.g.
MSL-5's can be supplemented with an MSL-2A or UPA-
1C as frontfill. MSL-2A's could be supplemented with the
UPM-1.

Under-Balcony Delay System

These systems should be low profile to be as visually un-
obtrusive as possible.

UPM-1:  This system is primarily designed for low pro-
file support applications such as frontfills and
underbalcony delays. Although the UPM-1 has a trap-
ezoidal enclosure design it is rarely used in point-source
arrays. The purpose of the enclosure shape, in this case, is
to allow the speaker to tuck up under the balcony areas
with as low a profile as possible.

UPM-2: Can also be used as the UPM-1 above but differs
in that its HF pattern is much more directional. The
UPM-2 would be a superior choice in applications where
the speakers must be placed farther away from the listen-
ers than ideally desired.

3.9.3 Subwoofers

3.9 SelectionSystem Design

3.9.4 Fills

DS-2: The DS-2 is a directional mid-bass system designed
to supplement the MSL-10A, MSL-5, MSL-4 and MSL-3A.
The DS-2 provides increased power in the range of 60 to
160 Hz, the region where popular music concentrates an
enormous amount of its power. In addition the DS-2 has
superior directional control over the front-loaded sub-
woofers used with the above systems. If your application
is high-power, popular music and you are at the stadium,
arena or concert power level, you should seriously con-
sider supplementing the system with DS-2s.

 DS-2P: Identical performance specifications to the DS-2
with integral power amplifier and CEU.
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MPS-355:  Provides a low-cost alternative to the UPM-1
when the trapezoidal shape is not required. The units are
box shaped and have a lower-grade contractor paint fin-
ish.

MPS-305: This is a reduced power and size version when
space is at a premium. The units are box shaped and
have the contractor-grade paint finish.

Delay Tower

The delay tower should be a point-source array of no
more than 70° of horizontal coverage. The narrower the
better. The power capability of the delay tower is typi-
cally one to two levels below the main system; e.g., MSL-
5s can be supplemented with an MSL-4  delay tower.
MSL-4s could be supplemented with CQ-2s.

MSL-10A: These work well in pairs for large stadium
and outdoor festivals. Two units can be placed directly
onto a fork lift and hoisted into position since the fork-lift
slots are built into the enclosure. This high power, direc-
tional system requires no scaffolding and has minimal
sight line intrusion.

MSL-6: Similar to the MSL-10A above, but self-powered
and with tighter vertical control. Does not have forklift
tabs.

MSL-5: Similar to the MSL-10A above. It is smaller, and
does not have forklift tabs.

MSL-4: This self-powered system is a great choice when
small high-powered delays are required. The tight cover-
age pattern reduces leakage and the self-powered aspect
reduces setup time and cost.

3.9.4 Fills

3.9 SelectionSystem Design
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Floor Monitor

UM-1C: Best for high-power applications with perform-
ers in fixed positions. The HF pattern is highly direc-
tional (45°). This works well when it is desired to maxi-
mize isolation between areas of the stage.

USM-1: Higher maximum power capability than the
UM-1. The wider pattern (70° by 60°) works well for ap-
plications where the musicians are moving around the
stage. The extended frequency range (down to 40 Hz)
makes this the best choice when lots of kick drum or bass
guitar are desired in the mix.

PSM-2: Self-powered, the PSM-2 has easy setup and
repatch. It has directional control similar to the UM-1 but
uses the MS-2001A HF driver, giving it more HF power.
The PSM-2 has two tilt angles for near and far.

UPM-1: Is commonly used for musical theatre, churches
and other low-to moderate-power applications. The pat-
tern is wide and they can be placed unobtrusively.

UPM-2: Can also be used as the UPM-1 above, but the
UPM-2 differs in that its HF pattern is much more direc-
tional. The UPM-2 would be a superior choice in applica-
tions where there is a fixed mic location (such as podi-
ums) or where the speakers must be placed farther away
from the listeners than ideally desired.

3.9.5 Stage Monitors

3.9 SelectionSystem Design

Drum Monitor

USM-1 or MSL-2A: This is the most compact and unob-
trusive of the high-power full range options.

CQ-2: This keeps the energy on the drummer and off the
others. If they need more, add a 650-P.

UM-1 plus Subwoofer: This option takes more space and
budget but retains the tight HF directional control.

PSM-2 plus PSW-2: Similar to the above but without the
amp rack.

MTS-4: This complete four-way self-powered speaker
system is economical, powerful and easy to set up. The
superior transient response of the MTS-4 gives tremen-
dous impulse reproduction. This is critical for drum re-
production. However, in tight spaces it may prove diffi-
cult to position so that the HF pattern is aimed precisely
at the drummer.

MSL-4 with 650-P: This system offers superior direc-
tional control and high power. This allows the drummer
to obtain ear-splitting levels with minimal leakage. The
transient response of the MSL-4 is comparable to the
MTS-4 above.
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3.10.1 Self Powered Speaker Systems

Acoustical
Speaker Max SPL Coverage Frequency HF Driver LF Driver Acoustic Impedance

Peak (dB) Hor / Vert Range Crossover HF/LF
HM-1 118 100° x100° 40 Hz-18 kHz 1" dome tweeter

@ 1m  (Coaxial with 
7" LF driver)

UPL-2 124 45° x45° 25 Hz-22 kHz 1" dome tweeter, MS-10 12Ω / 8Ω
@ 1m horn loaded

UPL-1 124 90° x 40° 25 Hz-22 kHz 1" dome tweeter, MS-10 12Ω / 8Ω
@ 1m horn loaded

MTS-4 140 70° x 60° 32 Hz-16 kHz MS-2001A MS-18, 40 Hz 12Ω,8Ω
@ 1m MS-15  100 Hz 8Ω,8Ω

MS-12 1 kHz
CQ-1 136 80° X 40° 40 Hz-18 kHz MS-2001A MS-15 900 Hz 12Ω / 8Ω

@ 1m

CQ-2 139 50° X 40° 40 Hz-18 kHz MS-2001A MS-15 700 Hz 12Ω / 8Ω
@ 1m

PSM-2 140 50° X 50° 65 Hz-18 kHz MS-2001A MS-12 900 Hz 12Ω / 8Ω
@ 1m

MSL-4 140 40° X 35° 65 Hz-18 kHz MS-2001A MS-12 800 Hz 12Ω / 8Ω
@ 1m

PSW-2 136 N/A 40-120 Hz MS-15 (x2) 8Ω
@ 1m

PSW-4 136 N/A 40-160 Hz MS-18 45 Hz 8Ω
@ 1m and

MS-15
DS-2P 148 120° x 120° 50-160 Hz MS-15 (x2) 8Ω

(2 units) (2 units)
@ 1m

650-P 136 N/A 30-120 Hz MS-18 (x2) 8Ω
@ 1m

MSL-6 120 30° X 25° 65 Hz-18 kHz MS-2001A (x3) MS-12 (x2) 800 Hz 12Ω / 8Ω
@ 30m

SB-1 8° X 8° 500 Hz-14 kHz MS-2001A MS-12 600 Hz 12Ω / 8Ω
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3.10.1 Self Powered Speaker Systems

Amplifier and CEU
e Input Connector Nominal Amplifier Driver Protection Limit Rear Panel RMS™

Type Input Level # Channels Circuitry Indicator Selectable Option?
10kΩ XLR (A-3) female +4 dBu Internal Amp Red/Grn LED No

balanced Term Block option Needs external
48vdc supply

10kΩ XLR (A-3) female +4 dBu Self- Thermo-predictive Red/Grn LED +4dBu/-10dBV No
balanced or Powered limiters with Switch

-10 dBV soft peak clamps Voltage Selector
10kΩ XLR (A-3) female +4 dBu Self- Thermo-predictive Red/Grn LED +4dBu/-10dBV No

balanced or Powered limiters with Switch
-10 dBV soft peak clamps Voltage Selector

5kΩ XLR (A-3) female +4 dBu MP-4 Hi, Mid, 4 Red LED's Pin 2 / Pin 3 Hot Yes
balanced w/ Male Loop Out 4 Channels  Low, and Sub RMS Selector

TruPower™ Limiting
10kΩ XLR (A-3) female +4 dBu MP-2 Hi and Low RMS 2 Red LED's Pin 2 / Pin 3 Hot Yes

balanced w/ Male Loop Out 2 Channels TruPower™ Limiting Selector

10kΩ XLR (A-3) female +4 dBu MP-2 Hi and Low RMS 2 Red LED's Pin 2 / Pin 3 Hot Yes
balanced w/ Male Loop Out 2 Channels TruPower™ Limiting Selector

10kΩ XLR (A-3) female +4 dBu MP-2 Hi and Low RMS 2 Red LED's Pin 2 / Pin 3 Hot Yes
balanced w/ Male Loop Out 2 Channels TruPower™ Limiting Selector

10kΩ XLR (A-3) female +4 dBu MP-2 Hi and Low RMS 2 Red LED's Pin 2 / Pin 3 Hot Yes
balanced w/ Male Loop Out 2 Channels TruPower™ Limiting Selector

10kΩ XLR (A-3) female +4 dBu MP-2 Hi and Low RMS 2 Red LED's Pin 2 / Pin 3 Hot Yes
balanced w/ Male Loop Out 2 Channels TruPower™ Limiting Selector

Low Excursion
10kΩ XLR (A-3) female +4 dBu MP-2 Hi and Low RMS 2 Red LED's Pin 2 / Pin 3 Hot Yes

balanced w/ Male Loop Out 2 Channels TruPower™ Limiting Selector
Low Excursion

10kΩ XLR (A-3) female +4 dBu MP-2 Hi and Low RMS 2 Red LED's Pin 2 / Pin 3 Hot Yes
balanced w/ Male Loop Out 2 Channels Low Excursion Selector

10kΩ XLR (A-3) female +4 dBu MP-2 Hi and Low RMS 2 Red LED's Pin 2 / Pin 3 Hot Yes
balanced w/ Male Loop Out 2 Channels Low Excursion Selector

10kΩ XLR (A-3) female +4 dBu MP-4 Hi and Low RMS 3 Red LED's Pin 2 / Pin 3 Hot Yes
balanced w/ Male Loop Out 4 Channels VHF Peak Selector

10kΩ XLR (A-3) female +4 dBu MP-2 Hi and Low RMS 3 Red LED's Pin 2 / Pin 3 Hot Yes
balanced w/ Male Loop Out 2 Channels VHF Peak Selector

Speaker

HM-1

UPL-2

UPL-1

MTS-4

CQ-1

CQ-2

PSM-2

MSL-4

PSW-2

PSW-4

DS-2P

650-P

MSL-6

SB-1
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3.10.1 Self Powered Speaker Systems

Physical
Speaker Finish Dimensions Weight Rigging Transport

HM-1 Black textured 8.50 " W x N/A
11.00" H x

x
UPL-2 Black textured 14.00" W 70 lbs. 3/8 "-16 nut plates N/A

20.75" H (32 kg.)
14.00" D

UPL-1 Black textured 14.00" W 70 lbs. 3/8 "-16 nut plates N/A
20.75" H (32 kg.)
14.00" D

MTS-4 Textured,carpet 21.25" W 280 lbs. Aircraft pan fittings Two 3"  rubber tread
or weatherproof 56.75" H (127 kg) or Blank Plates  Self-lube casters

30.00" D Optional Cover
CQ-1 Textured,carpet 21.25" W 130 lbs. Aircraft pan fittings, Optional Casterboard

or weatherproof 30.00" H (59 kg) 3/8"-16 or M-10 nut plates, Optional Cover
20.00" D  or Blank Plates

CQ-2 Textured,carpet 21.25" W 130 lbs. Aircraft pan fittings, Optional Casterboard
or weatherproof 30.00" H (59 kg) 3/8"-16 or M-10 nut plates, Optional Cover

20.00" D  or Blank Plates
PSM-2 Textured,carpet 18.00"W

or weatherproof 24.00" H
14.75" D

MSL-4 Textured,carpet 21.25" W 180 lbs. Aircraft pan fittings, Optional Casterboard
or weatherproof 36.00" H (82 kg) 3/8"-16 or M-10 nut plates, Optional Cover

30.00" D  or Blank Plates
PSW-2 Textured,carpet 21.25" W Aircraft pan fittings, Optional Casterboard

or weatherproof 36.00" H 3/8"-16 or M-10 nut plates, Optional Cover
30.00" D  or Blank Plates

PSW-4 Textured,carpet 21.25" W 205 lbs. Aircraft pan fittings, Optional Casterboard
or weatherproof 39.00" H (93 kg) 3/8"-16 or M-10 nut plates, Optional Cover

30.00" D  or Blank Plates
DS-2P Textured,carpet 21.25" W 243 lbs. Aircraft pan fittings Optional Casterboard

or weatherproof 56.00" H (110 kg) or Blank Plates Optional Cover
30.00" D

650-P Textured,carpet 30.00" W 201 lbs. N/A Two 3"  rubber tread
or weatherproof 45.00" H (91.3kg)  Self-lube casters

22.50" D Optional Cover
MSL-6 Textured,carpet 42.25" W 510 lbs. 12 points, pivoting lift rings, Optional Casterboard

or weatherproof 42.75" H (230 kg.) 1500 lb. safe load capacity Optional Cover
32.00" D

SB-1 Textured 56.00" W 220 lbs. Aircraft pan fittings, Optional Yoke
or weatherproof 56.00" H (105 kg) 3/8"-16 or M-10 nut plates, Available

21.00" D  or Blank Plates

Per Unit Per Unit
N/A11 lbs.

(5 kg.)
8.40 " D

90 lbs.
(41 kg.)

162 lbs.
(74 kg.)

475
(216 kg.)

293 lbs.
(133
kg.)

N/A
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3.10.1 Self Powered Speaker Systems

Mains Power
Power Voltage Power Power

Connector Selection Requirement Indicator
48 vdc, 200 watts Red/Grn LED

Can be driven by Meyer PS-1 AC Adaptor
or other 48 vdc power supply

3-pin IEC male Switchable 6A @ 120 VAC, 3A @ 240 VAC Green LED
100,120,220,240 VAC

3-pin IEC male Switchable 6A @ 120 VAC, 3A @ 240 VAC Green LED
100,120,220,240 VAC

L6-20 Male Intelligent AC™ Cont: 16A @ 120 VAC, 8A @ 240 VAC Green LED
or 95-125/208-235 VAC Burst: 24A @ 120 VAC, 12A @ 240 VAC

IEC309 Male Peak: 40A @ 120 VAC, 20A @ 240 VAC
L6-20 Male Intelligent AC™ Cont: 8A @ 120 VAC, 4A @ 240 VAC Green LED

or 95-125/208-235 VAC Burst: 12A @ 120 VAC, 6A @ 240 VAC
IEC309 Male Peak: 20A @ 120 VAC, 10A @ 240 VAC
L6-20 Male Intelligent AC™ Cont: 8A @ 120 VAC, 4A @ 240 VAC Green LED

or 95-125/208-235 VAC Burst: 12A @ 120 VAC, 6A @ 240 VAC
IEC309 Male Peak: 20A @ 120 VAC, 10A @ 240 VAC
L6-20 Male Intelligent AC™ Cont: 8A @ 120 VAC, 4A @ 240 VAC Green LED

or 95-125/208-235 VAC Burst: 12A @ 120 VAC, 6A @ 240 VAC
IEC309 Male Peak: 20A @ 120 VAC, 10A @ 240 VAC
L6-20 Male Intelligent AC™ Cont: 8A @ 120 VAC, 4A @ 240 VAC Green LED

or 95-125/208-235 VAC Burst: 12A @ 120 VAC, 6A @ 240 VAC
IEC309 Male Peak: 20A @ 120 VAC, 10A @ 240 VAC
L6-20 Male Intelligent AC™ Cont: 8A @ 120 VAC, 4A @ 240 VAC Green LED

or 95-125/208-235 VAC Burst: 12A @ 120 VAC, 6A @ 240 VAC
IEC309 Male Peak: 20A @ 120 VAC, 10A @ 240 VAC
L6-20 Male Intelligent AC™ Cont: 8A @ 120 VAC, 4A @ 240 VAC Green LED

or 95-125/208-235 VAC Burst: 12A @ 120 VAC, 6A @ 240 VAC
IEC309 Male Peak: 20A @ 120 VAC, 10A @ 240 VAC
L6-20 Male Intelligent AC™ Cont: 8A @ 120 VAC, 4A @ 240 VAC Green LED

or 95-125/208-235 VAC Burst: 12A @ 120 VAC, 6A @ 240 VAC
IEC309 Male Peak: 20A @ 120 VAC, 10A @ 240 VAC
L6-20 Male Intelligent AC™ Cont: 8A @ 120 VAC, 4A @ 240 VAC Green LED

or 95-125/208-235 VAC Burst: 12A @ 120 VAC, 6A @ 240 VAC
IEC309 Male Peak: 20A @ 120 VAC, 10A @ 240 VAC
L6-20 Male Intelligent AC™ Cont: 16A @ 120 VAC, 8A @ 240 VAC Green LED

or 95-125/208-235 VAC Burst: 24A @ 120 VAC, 12A @ 240 VAC
IEC309 Male Peak: 40A @ 120 VAC, 20A @ 240 VAC
L6-20 Male Intelligent AC™ Cont: 8A @ 120 VAC, 4A @ 240 VAC Green LED

or 95-125/208-235 VAC Burst: 12A @ 120 VAC, 6A @ 240 VAC
IEC309 Male Peak: 20A @ 120 VAC, 10A @ 240 VAC

Speaker

HM-1

UPL-2

UPL-1

MTS-4

CQ-1

CQ-2

PSM-2

MSL-4

PSW-2

PSW-4

DS-2P

650-P

MSL-6

SB-1

Terminal Strip
or

XLR
320

320

Male

Male

N/A
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Electrical Acoustical
Speaker CEU Amp Type Max SPL Coverage Freq. HF Driver LF Driver Acoustic Impedance

# Channels Peak/Cont Hor / Vert Range Crossover HF/LF

MSL-10A M-10A Type 3 120/110 60° x 40° 70-16K MS-2001A (X3) MS-12 (x4) 900 Hz 4Ω/4Ω
3 Channels (2 units/100 ft) (2 units)

MSL-5 M-5 Type 3 120/110 60° x 40° 100-16K MS-2001A (X3) MS-12 (x2) 900 Hz 4Ω/4Ω
2 Channels (2 units/100 ft) (2 units)

MSL-3A M-3A Type 1 135/130 70° x 60° 75-18K MS-2001A MS-12 (x2) 700 Hz 12Ω/4Ω
2 Channels

MSL-2A S-1 Type 2 139/130 70° x 60° 40-18K MS-2001A MS-15 900 Hz 12Ω/8Ω
2 Channels

USM-1 S-1 Type 2 139/130 70° x 60° 40-18K MS-2001A MS-15 900 Hz 12Ω/8Ω
2 Channels

UM-1C M-1A Type 1 130/125 45° x 45° 70-18K MS-1401B MS-12 1200 Hz 12Ω/8Ω
2 Channels

UPA-1C M-1A Type 1 130/125 80° x 60° 60-18K MS-1401B MS-12 1200 Hz 12Ω/8Ω
2 Channels

UPA-2C M-1A Type 1 130/125 45° x 45° 60-18K MS-1401B MS-12 1200 Hz 12Ω/8Ω
2 Channels

UPM-1 P-1A Type 1 118/108 80° x 60° 70-20K 2" x 5"horn loaded MS-5 (x2) 16Ω
MPS-3 1 Channel piezoelectric

UPM-2 P-2 Type 1 118/108 45° x 45° 70-20K 2" x 5"horn loaded MS-5 (x2) 16Ω
1 Channel piezoelectric

MPS-355 P-1A Type 1 118/108 80° x 60° 70-20K 2" x 5"horn loaded MS-5 (x2) 16Ω
MPS-3 1 Channel piezoelectric

MPS-305 MPS-3 Type 1 115/105 80° x 60° 75-20K 2" x 5"horn loaded MS-5 8 Ω
1 Channel piezoelectric

DS-2 D-2 Type 2 148/136 120° x 120° 50-160 N/A MS-15 (x2) 160 Hz 4 Ω
1 Channel (2 units) (2 units)

USW-1 B-2EX Type 1 (1 Ch.) 135/130 40-100 N/A MS-15 (x2) 100 Hz 4 Ω
Type 2 (1 Ch.)

MSW-2 B-2EX Type 1 (1 Ch.) 130/124 35-110 N/A MS-18 100 Hz 4 Ω
Type 2 (1 Ch.)

650-R2 B-2EX Type 1 (1 Ch.) 135/130 30-100 N/A MS-18 (x2) 110 Hz 8 Ω
Type 2 (1 Ch.)

HF-3 M-3A Type 1 (1 Ch.) 135/130 70° x 60° 700-18K MS-2001A N/A 700 Hz 12Ω
S-1 Type 2 (1 Ch.) 900 Hz

MST-1 T-1A Type 1       /130 30° x 20° 8K-20K Piezo Horn (x30) N/A 8 kHz 8Ω
1 Channel

System Design Specifications

3.10.2 Externally Powered Speaker Systems

*

* See Amplifier Output Classifications, Page 28.
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3.10.2 Externally Powered Speaker Systems

System Design Specifications

Physical
Speaker Connector Finish Dimensions Weight Rigging Transport

MSL-10A Pyle w/weather Weatherproof black 41"W x 85"H x 35"D 700 lbs. 8 points, 3/4" rigging holes N/A
cap, heavy AC in coating (318 kg.) in steel cradle

MSL-5 EP-4 (5), Pyle Textured,carpet 42  1/2"W x 56  3/4"H 500 lbs. 12 points, pivoting lift rings, Caster Board
or weatherproof x 32"D (227 kg.) 1500 lb. safe load capacity Optional

MSL-3A EP-4(5)  male Textured,carpet 21  1/4"W x 56  3/4"H 241 lbs. Aircraft pan fittings Caster Board
Pyle or weatherproof x 30"D (109.3 kg.) Optional

MSL-2A EP-4(5)  male Textured 21  1/4"W x 24  1/4"H 82 lbs. Aircraft pan fittings, 3/8"-16 Caster Board
or weatherproof x 18  1/4"D (37 kg.) or M10 x 1.5 nut plates Optional

USM-1 EP-4(5)  male Textured 21"W x 24  1/4"H x 82 lbs. Aircraft pan fittings or 3/8"-16 N/A
or weatherproof 18"D (37.3 kg.) or M10 x 1.5 nut plates

UM-1C EP-4(5)  male Textured 14"W x 14"H x  67 lbs. Aircraft pan fittings or 3/8"- N/A

or weatherproof 22  1/2"D (30.4 kg.) 16 nut plates
UPA-1C EP-4(5)  male Textured 14 1/2"W x 22 3/8"H 67 lbs. Aircraft pan fittings or 3/8"- N/A

or weatherproof x 14 1/2"D (30.4 kg.) 16 nut plates
UPA-2C EP-4(5)  male Textured 14 1/2"W x 22 3/8"H 67 lbs. Aircraft pan fittings or 3/8"- N/A

or weatherproof x 14 1/2"D (30.4 kg.) 16 nut plates
UPM-1 EP-4 or 3-pin XLR Black textured 6  3/4"W x 18  1/8"H 16 lbs. 3/8 "-16 nut plates N/A

male and female x 7  1/8"D (7.3 kg.)
UPM-2 EP-4 or 3-pin XLR Black textured 6  3/4"W x 18  1/8"H 16 lbs. 3/8 "-16 nut plates N/A

male and female x 7  1/8"D (7.3 kg.)
MPS-355 XLR (A-3) or Black textured 6  3/4"W x 10  1/2"H 6.6 lbs. 3/8 "-16 nut plates N/A

Speak-On™ x 7"D ( 3 kg.)
MPS-305 XLR (A-3) or Black textured 6  3/4"W x 18"H x 11 lbs. 3/8 "-16 nut plates N/A

Speak-On™ 7"D ( 5 kg.)
DS-2 EP-4(5)  male Textured,carpet 21  1/4"W x 56  3/4"H 250 lbs. Aircraft pan fittings Caster Board

or weatherproof x 30"D (113.6 kg.) Optional
USW-1 EP-4(5)  male Textured 31"W x 21  1/2"H x 115 lbs. Aircraft pan fittings,3/8"-16 or N/A

or weatherproof 21  1/2"D (52.2 kg.) M-10 nut plates
MSW-2 EP-4(5)  male Textured 21  1/4"W x 24  1/4"H 66 lbs. Aircraft pan fittings or 3/8"-16 N/A

or weatherproof x 20  1/4"D (30 kg.) or M-10 nut plates
650-R2 EP-4(5)  male Textured,carpet 30 "W x 45"H x 176 lbs. N/A 3" diameter

or weatherproof 22  1/2"D (79.8 kg.)   rubber casters
HF-3 EP-4(5)  male Black textured 21 1/4"W x 9"H 50 lbs. Aircraft pan fittings or 3/8"-16 N/A

over steel x 18"D (22.7 kg.) or M-10 nut plates
MST-1 EP-4(5)  male Black textured 19 3/4"W x 7 1/2"H 17 lbs. N/A N/A

over steel x 5 1/16"D (7.7 kg.)

Per UnitPer Unit

61 lbs.
(27.7 kg.)

11 lbs.
(5 kg.)
6.6 lbs.
(3 kg.)
218

(98.9 kg.)
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3.10.3 Shipping Weights and Dimensions (Metric)

System Design Specifications

Meyer Sound Product Weights and Dimensions
Specification Unit Weight Ship Weight Shipping Dimensions (cm)
Product W H D Vol (cu. meters)
MSL-10A 317.8 kg 317.8 kg 104 216 84 1896
MSL-6 215.7 kg 238.4 kg 104 122 84 1064
MSL-5 227.0 kg 249.7 kg 104 157 84 1375
MSL-4 81.7 kg 94.9 kg 84 107 61 545
MSL-3A painted 109.4 kg 123.9 kg 84 152 61 779
MSL-3A carpeted 116.2 kg 130.8 kg 84 152 61 779
MSL-2A 37.2 kg 46.3 kg 66 76 64 320
CQ-1 59.0 kg 68.1 kg 64 89 67 380
CQ-2 59.0 kg 68.1 kg 64 89 67 380
USM-1 37.2 kg 40.9 kg 76 69 66 345
PSM-2 40.9 kg 47.7 kg 71 28 51 101
MTS-4 127.1 kg 147.6 kg 84 152 61 779
DS-2 painted 99.0 kg 113.5 kg 84 152 61 779
DS-2 carpeted 105.8 kg 120.3 kg 84 152 61 779
DS-2P painted 110.3 kg 131.2 kg 84 152 61 779
650-R2 painted 79.9 kg 92.2 kg 86 127 69 752
650-R2 carpeted 87.2 kg 99.4 kg 86 127 69 752
650-P 91.3 kg 104.4 kg 86 127 69 752
PSW-2 73.5 kg 91.7 kg 84 107 61 545
PSW-4 93.1 kg 106.2 kg 84 107 61 545
USW-1 52.2 kg 59.9 kg 89 66 69 403
MSW-2 30.0 kg 32.2 kg 66 76 64 320
UPA-1C 30.4 kg 33.1 kg 48 69 48 160
UM-1C 30.4 kg 33.1 kg 48 69 48 160
UPM-1 7.3 kg 9.5 kg 58 30 30 54
MPS-355 5.0 kg 5.9 kg 58 30 30 54
MPS-305 3.2 kg 4.1 kg 41 30 30 38
HM-1 5.0 kg 5.9 kg 31 38 34 40
HD-1 23.2 kg 30.0 kg 58 64 48 179
HD-2 31.8 kg 34.1 kg 71 64 53 241
UPL-2 31.8 kg 34.1 kg 71 64 53 241
UPL-1 31.8 kg 34.1 kg 71 64 53 241
MST-1 (for 2) 6.4 kg 7.3 kg 56 36 36 71
SIM system II (2201) 19.5 kg 22.2 kg 76 61 30 142
SIM 2403 17.7 kg 20.0 kg 61 28 56 95
M-1A 3.6 kg 4.1 kg 8 53 30 12
B-2EX 3.6 kg 4.1 kg 8 53 30 12
M-3A 3.6 kg 4.1 kg 8 53 30 12
D-2 3.6 kg 4.1 kg 8 53 30 12
S-1 3.6 kg 4.1 kg 8 53 30 12
P-1 3.2 kg 3.6 kg 8 53 30 12
M-5 3.6 kg 4.1 kg 8 53 30 12
M-10A 4.1 kg 4.5 kg 8 53 30 12
MPS-3 3.6 kg 4.1 kg 8 53 30 12
VX-1 4.5 kg 5.0 kg 8 53 30 12
CP-10, CP-10S 5.9 kg 7.3 kg 18 51 36 32
LD-1, LD-1A 5.9 kg 7.3 kg 18 51 36 32
MP-2 Module 12.7 kg 14.5 kg 43 43 38 71
MP-4 Module 14.5 kg 16.3 kg 43 43 38 71
MS-5 1.4 kg 1.8 kg 15 10 15 2
MS-12 7.9 kg 10.0 kg 36 18 36 22
MS-15 8.8 kg 10.9 kg 41 20 41 34
MS-18 9.7 kg 12.7 kg 48 20 48 47
MS-18 5.9 kg 6.4 kg 20 20 20 8
MS-1401A 5.4 kg 5.9 kg 20 20 20 8
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3.10.3 Shipping Weights and Dimensions (English)

System Design Specifications

Meyer Sound Product Weights and Dimensions
Specification Unit Weight Ship Weight Shipping dimensions
Product W H D Vol (cu. feet)
MSL-10A 700 lb 700 lb 41 in 85 in 33 in 67.0 
MSL-6 475 lb 525 lb 41 in 48 in 33 in 37.6 
MSL-5 500 lb 550 lb 41 in 62 in 33 in 48.5 
MSL-4 180 lb 209 lb 33 in 42 in 24 in 19.3 
MSL-3A painted 241 lb 273 lb 33 in 60 in 24 in 27.5 
MSL-3A carpeted 256 lb 288 lb 33 in 60 in 24 in 27.5 
MSL-2A 82 lb 102 lb 26 in 30 in 25 in 11.3 
CQ-1 130 lb 150 lb 25 in 35 in 27 in 13.4 
CQ-2 130 lb 150 lb 25 in 35 in 27 in 13.4 
USM-1 82 lb 90 lb 30 in 27 in 26 in 12.2 
PSM-2 90 lb 105 lb 28 in 11 in 20 in 3.6 
MTS-4 280 lb 325 lb 33 in 60 in 24 in 27.5 
DS-2 painted 218 lb 250 lb 33 in 60 in 24 in 27.5 
DS-2 carpeted 233 lb 265 lb 33 in 60 in 24 in 27.5 
DS-2P painted 243 lb 289 lb 33 in 60 in 24 in 27.5 
650-R2 painted 176 lb 203 lb 34 in 50 in 27 in 26.6 
650-R2 carpeted 192 lb 219 lb 34 in 50 in 27 in 26.6 
650-P 201 lb 230 lb 34 in 50 in 27 in 26.6 
PSW-2 162 lb 202 lb 33 in 42 in 24 in 19.3 
PSW-4 205 lb 234 lb 33 in 42 in 24 in 19.3 
USW-1 115 lb 132 lb 35 in 26 in 27 in 14.2 
MSW-2 66 lb 71 lb 26 in 30 in 25 in 11.3 
UPA-1C/2C 67 lb 73 lb 19 in 27 in 19 in 5.6 
UM-1C 67 lb 73 lb 19 in 27 in 19 in 5.6 
UPM-1/UPM-2 16 lb 21 lb 23 in 12 in 12 in 1.9 
MPS-355 11 lb 13 lb 23 in 12 in 12 in 1.9 
MPS-305 7 lb 9 lb 16 in 12 in 12 in 1.3 
HM-1 11 lb 13 lb 12 in 15 in 13 in 1.4 
HD-1 51 lb 66 lb 23 in 25 in 19 in 6.3 
HD-2 70 lb 75 lb 28 in 25 in 21 in 8.5 
UPL-2 70 lb 75 lb 28 in 25 in 21 in 8.5 
UPL-1 70 lb 75 lb 28 in 25 in 21 in 8.5 
MST-1 (for 2) 14 lb 16 lb 22 in 14 in 14 in 2.5 
SIM system II (2201) 43 lb 49 lb 30 in 24 in 12 in 5.0 
SIM 2403 39 lb 44 lb 24 in 11 in 22 in 3.4 
M-1A 8 lb 9 lb 3 in 21 in 12 in 0.4 
B-2EX 8 lb 9 lb 3 in 21 in 12 in 0.4 
M-3A 8 lb 9 lb 3 in 21 in 12 in 0.4 
D-2 8 lb 9 lb 3 in 21 in 12 in 0.4 
S-1 8 lb 9 lb 3 in 21 in 12 in 0.4 
P-1 7 lb 8 lb 3 in 21 in 12 in 0.4 
M-5 8 lb 9 lb 3 in 21 in 12 in 0.4 
M-10A 9 lb 10 lb 3 in 21 in 12 in 0.4 
MPS-3 8 lb 9 lb 3 in 21 in 12 in 0.4 
VX-1 10 lb 11 lb 3 in 21 in 12 in 0.4 
CP-10, CP-10S 13 lb 16 lb 7 in 20 in 14 in 1.1 
LD-1, LD-1A 13 lb 16 lb 7 in 20 in 14 in 1.1 
MP-2 Module 28 lb 32 lb 17 in 17 in 15 in 2.5 
MP-4 Module 32 lb 36 lb 17 in 17 in 15 in 2.5 
MS-5 3 lb 4 lb 6 in 4 in 6 in 0.1 
MS-12 18 lb 22 lb 14 in 7 in 14 in 0.8 
MS-15 19 lb 24 lb 16 in 8 in 16 in 1.2 
MS-18 21 lb 28 lb 19 in 8 in 19 in 1.7 
MS-2001A 13 lb 14 lb 8 in 8 in 8 in 0.3 
MS-1401A 12 lb 13 lb 8 in 8 in 8 in 0.3 
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4.1 IntroductionVerification

4.1 Introduction

Now that the system is designed and installed, it is time
to begin the tedious task of verification. All of the careful
design work amounts to little if the installation is not per-
formed correctly. The signal path—from its original
source through the sound reinforcement system to the
listener—has a multitude of opportunities for inadvertent
polarity reversals, unplanned signal loss (and gain),
mispatching, and component compatibility problems.
Each of these components will need to be verified both
individually and as a whole system.

Let's use an example in order to illustrate the verification
process. Fig 4.1a is a flow diagram of a fairly simple
sound reinforcement system. The system includes vari-
ous input channels, inserted effects and multiple mixer
outputs routed to a four-way main system and downfill
speakers.  Also shown are the necessary tests to ensure
the system is operating properly.

Sections 4.1 through 4.7 detail the types of problems one
may encounter, with the remainder focusing on tech-
niques to solve them.

Fig 4.1a verification flow block.

From the standpoint of verification we can
subdivide the system into six sections.

• Stage: Microphones, direct boxes, micro-
phone splitters.

• Mixer: Mixing console (desk), outboard ef-
fects, compressors, gates, equalizers, patch
bays.

• Front of house (FOH) rack: System equaliz-
ers, delay lines.

•Amplifier racks: CEUs, amplifiers.

•Speakers: LF, MF and HF drivers, networks.

And finally the one that puts it all together;

•Connections: Cable, connectors, wireless
transmitters and receivers.
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4.2 Stage Components

Verification 4.2 Stage

Fig 4.2a Stage component verification.

Most of the testing on stage is basic continuity and bal-
anced line verification. In addition, splitter networks
should be verified for polarity, frequency response, head-
room, distortion and signal loss.  Fig  4.2a  is a verifica-
tion chart for stage components.

Stage component 
Verification

What to look for Possible result How to verify w/SIM® Verify w/o SIM®

1) Microphones Check linearity of the mic 
for consistency, and 
suitability.

If multiple units of the same mic model are 
inconsistent, compatibility and 
interchangeability problems arise. 

SIM® System II: Microphone compare Ear

Check microphone 
directional pattern control.

Poor directional control will decrease gain 
before feedback and reduce isolation.

SIM® System II: Microphone compare Ear, ring for feedback

Check microphone polarity. Polarity reversals between microphones will 
create compatibility and interchangeability 
problems. 

SIM® System II: Microphone compare

2) Direct Inputs Check frequency response, 
polarity, distortion and 
dynamic range.

Direct input boxes usually convert high 
impedance unbalanced inputs to low 
impedance balanced outputs. These can have 
frequency response anomalies or polarity 
reversals.

SIM®: Frequency response -Amplitude 
and Phase. SIM distortion and dynamic 
range tests

3) Stage Mic Splitter Check frequency response, 
polarity, distortion and 
dynamic range.

Splitters may be active or transformer type. 
Either can have frequency response 
anomalies or polarity reversals.

SIM®: Frequency response -Amplitude 
and Phase. SIM distortion and dynamic 
range tests
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4.3 MicrophonesVerification

Most methods of testing microphones are highly subjec-
tive. RTAs, and voltmeters are useless for anything more
than a "Go" or "No-go" level test.  SIM System II can be
used to compare microphones directly, giving high-
resolution frequency and phase response information.
The mic to be tested is compared to a reference micro-
phone such as the Bruel & Kjaer 4007, placed in front of a
linear, phase-aligned full-range loudspeaker such as the
HD-1. The setup is shown in Fig 4.3a. Examples of data
from this technique are shown in Figs 4.3b–4.3f.

4.3 Microphones

Mic comparison measurements can be used to:

• Verify frequency and phase response.

• Analyze the  directional pattern of the mic over
frequency.

• Ensure compatibility of mics.

• Check for aging or damage.

• Match pairs (or sets) for maximum inter-
changeability.

Reference Channel

Measurement Channel

SIM® System II

Fig 4.3a  Mic comparison measurements using SIM System II.

The mic to be measured is compared to a reference microphone.
The mics are placed close together in a symmetrical sound field.

Fig 4.3b Comparison of two high-quality omnidirectional condensor mics. One of
them costs three times as much as the other—Can you guess which one?

Fig 4.3c  Cardioid mic exhibiting the "proximity effect" as it nears the source.

LF  response rises as the mic
approaches the source
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4.3  Microphones

Directional Pattern Con-
trol of a Hypercardioid
Mic

The on- and off-axis re-
sponses of this mic are com-
pared to best evaluate its suit-
ability for a highly directional
applications. The rejection
can be read directly at any
frequency. Notice that the
phase response at the rear of
the mic is 180° out of phase
from that at the front.

Comparison of Omnidi-
rectional and Cardioid
Versions of a Mic

The on-axis response is
shown illustrating the dif-
ferences caused by cardioid
pattern control. The dia-
phragm is the same in both
cases. This technique could
also be used to preview mi-
crophone responses to aid in
the placement and selection
process.

Comparing Two of the
Same Model Mics

The frequency response of
two mics can be compared
so that compatibility can be
assured. The mic's responses
are similar but differ in over-
all sensitivity by 2 dB. This
same type of test can be uti-
lized to compare the re-
sponse of the same mic's re-
sponse over time to detect
aging or damage to the mic
by comparing it against its
previously stored response.

This mic 2 dB more sensitive in the midband

Both mics are "in phase"

On axis

On axis

180° off axis

180° off axis

Omni
Cardioid

Fig 4.3e Frequency response changes with pattern switch setting.

Fig 4.3d Microphone  matching.

Fig 4.3f Microphone pattern verifiction.
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4.4 MixerVerification

4.4 Mixer Verification

A flow block diagram of an ex-
ample mixer is shown in Fig 4.4a
and 4.4b. Each numbered test
point in the diagram refers to
the tests included in the verifica-
tion chart at right (Fig 4.4b).

Input Section

The input channel must be ca-
pable of conditioning a mic or
line level signal to drive the out-
put section. The insertion points
and direct outputs should also
be verified as these are some-
times overlooked by designers
of low-cost mixers. Check the
insertion points since they are
often R-T-S phone jacks in which
case anything goes. Meter accu-
racy and clip indication must
also be verified.

Summing
Amplifier

Submaster Summing
Amplifier

Balanced 
Outputs

Master

Matrix
Level

From 
Other
Subgroups

From 
Input
Channels

∑

Output 
Section

∑ 3
2
1

3
2
1

Matrix
Output

Master
Output

To FOH Rack

1 4 5 632

Output Section

The mixing console (desk) will
be tested to verify that it is ca-
pable of supplying sufficient out-
put signal to drive the system to
full power. Any professional
console should be capable of +24
dBu output, provided it is oper-
ated within its normal gain struc-
ture. Models differ in the topol-
ogy of input, subgroup, master
and matrix gain structure. The
goal is to get the signal from
input to output without internal
clipping. Meter accuracy and
clip indication must also be veri-
fied.

Fig 4.4a Input section verification.

Fig 4.4b Output section verification.

Each numbered test point corresponds to the
tests included in the verification chart at right.
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4.4 Mixer Verification

4.4 Mixer

Fig 4.4c Mixer verification reference chart.

Mixer Verification What to look for Possible result How to verify w/SIM® Verify w/o SIM®
Input Section
1) Input gain trim Check gain trim to verify 

THD, meters & overload 
indicator

We need to find a true indication of when 
O/L has occurred in order to optimize gain.

SIM®: Spectrum response: Maximum 
output capability test. Verify point at 
which the O/L indicator comes on and 
compare to actual clip point. Check status 
of meter vs. clip point. 

2) Channel fader Is the fader accurate? dB markings on channel faders can be 
misleading. May actually be 10 dB off. 

SIM®: Frequency response -Amplitude: 
Find unity gain setting on the fader.

Oscillator and oscilloscope

3) Direct out and Insert Check input channel direct 
output polarity

The direct output of a channel is sometimes 
polarity inverting. Others may be 
unbalanced. 

SIM®: Frequency response -Amplitude 
and Phase: Compare the response of the 
input vs. the direct output.

4) Inserted Outboard 
device

Check insert point gain and 
polarity

Insertion points are usually unbalanced R-T-S 
phone jacks. This can result in signal loss and 
polarity reversals on inserted devices. 

SIM®: Frequency response -Amplitude 
and Phase: Balanced and unbalanced line 
tests. Compare the mixer output frequency 
response with the insert points engaged 
and bypassed.  

Output Section
1) Channel Summing 
stage

Interstage clipping Variations in internal gain structure can 
cause clipping without indication or 
excessive noise.

SIM®: Console check: Spectrum response: 
Maximum output capability test. Use 
various settings of channel, subgroup and 
master faders to find the variations in 
system output vs O/L point.

Oscillator and oscilloscope

2) Submaster Check level Submasters vary with level markings. the 
+10 dB marking may actually be the unity 
gain point. If the master has actual gain it 
may be capable of overloading the summing 
stage.  

SIM®: Console check: Frequency response -
Amplitude: Find unity gain setting on the 
fader.

3) Submaster Summing 
stage

Interstage clipping Variations in internal gain structure can 
cause clipping without indication or 
excessive noise.

SIM®: Console check: Spectrum response: 
Maximum output capability test. Use 
various settings of channel, subgroup and 
master faders to find the variations in 
system output vs. O/L point.

Oscillator and oscilloscope

4) Matrix Level Check Level Mismatches of Matrix levels can cause 
imbalances.

SIM®: Console check: Frequency response -
Amplitude: Calibrate to a standard. Mark 
unity gain settings on mixer.

5) Matrix output master Check Level Mismatches of Matrix and Master output 
levels can cause imbalances.

SIM®: Console check: Frequency response -
Amplitude: Calibrate outputs to a 
standard. Mark unity gain settings on 
mixer.

6) Output Drive Gain structure Variations in internal gain structure can 
cause clipping with indication or excessive 
noise.

SIM® Console check:  Frequency response. 
Watch the gain structure to verify which 
stage have gain and which are passive. 
This will help to find the smoothest path 
from input to output with the least amount 
of gain changing. 

Oscillator and oscilloscope

Polarity Most professional mixers utilize balanced 
inputs and outputs. Therefore, they are 
neither pin 2 or 3 hot. However, you may 
still find mixers with unbalanced outputs. 
These will need to be verified if you are 
planning to interface with additional 
mixers. 

SIM®: Console check: Frequency response -
Amplitude and Phase: Balanced line 
check. Compare the response of the input 
vs. the  output.

Check output drive to verify 
THD, meters & overload 
indicator

We need to find a true indication of when 
O/L has occurred in order to optimize gain.

SIM®: Console check: Spectrum response: 
Maximum output capability test

Oscillator and oscilloscope

6) Matrix output master Check Level Mismatches of Matrix and Master output 
levels can cause imbalances.

Oscillator and oscilloscope
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4.5 FOH RackVerification

4.5 FOH Rack Verification

The front of house (FOH) rack con-
sists of system alignment devices
such as equalizers and delay lines
and a variety of effects devices. A
flow block diagram is shown in Fig
4.5a, along with its verification
chart (Fig 4.5c).

The FOH rack will be tested to
verify that it is capable of supply-
ing sufficient output signal to
drive the system to full power.
Any professional equalizer or de-
lay line should be capable of +24
dBu output, provided it is operated
within its normal gain structure.
Models differ in the input and out-
put level controls and gain struc-
ture. The goal is  to get the signal
from input to output without inter-
nal clipping. In addition, the accu-
racy of the front panel indicators,
such as filter frequency, delay time
and metering, must be verified.

Equalizer

Balanced
Line 

Balanced
Line 

Balanced
Input

Level
Control

Output
Stages

Delay Balanced
Line

Level
Control

3
2
1

3
2
1

Delay Line

∆T

∆T

3
2
1

3
2
1

Balanced
Input

Level
Control

Output
Stage

Parametric
Filters

Balanced
Line

Shelving
Filters

3 4 521

71 56

Fig 4.5b Distortion and maximum output testing with SIM.

Fig 4.5a FOH rack verification.

A pure sine wave reference drives the sys-
tem input (top) and is measured at the sys-
tem output (bottom). The total harmonic
distortion can be read directly and the
overload point found, as seen by the large
harmonics.

 Each numbered test point corresponds to the
tests included in the verification chart at right.
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4.5 FOH Rack

FOH rack 
Verification

What to look for Possible result How to verify w/SIM® Verify w/o SIM®

1) Balanced Cable Pins 2 & 3 reversed Polarity reversal SIM®: Frequency response: Amplitude and 
Phase: Balanced Line Check

Pins 2 or 3 open or shorted to 
pin 1

6 dB loss due to unbalancing of the line SIM®: Frequency response: Amplitude and 
Phase: Balanced Line Check

Pins 2 & 3 shorted Signal cancellation due to common mode 
input section

SIM®: Frequency response: Amplitude and 
Phase: Balanced Line Check

2) Delay Line Input gain Check for unity gain. Equalizers and delays are best suited for 
unity gain operation. This is preferable from 
a standpoint of distortion and noise. 

SIM®: Frequency response: Amplitude and 
Phase: Balanced Line Check

Oscillator and oscilloscope or VOM

Check Input/output levels to 
verify THD, meters & 
overload indicator.

Find a true indication of when O/L has 
occurred to optimize gain. Delay lines often 
have separate level controls for input and 
output to drive the front end harder and 
attenuate the output (where the noise from 
the D/A converters is seen.)

SIM®: Spectrum response: Maximum 
output capability test. Use various 
settings of input and output gains to find 
the variations in system output vs O/L 
point.

Oscillator and oscilloscope

Input level too low? Possible overdrive of preceding stages. Excess 
noise in system due to extra gain in following 
stages.

SIM®: Spectrum response: Maximum 
output capability test. As above.

Oscillator and oscilloscope

Input level too high? Possible overdrive of input and following 
stages. 

SIM®: Spectrum response: Maximum 
output capability test. As above.

Oscillator and oscilloscope

3) Delay Time Does the unit have residual 
delay? 

Every delay line has some some residual 
delay from the A/D conversion process. The 
front panel may not have factored this into 
its display calculation.    

SIM® Delayfinder: Delay measurement 
test 

Is the displayed delay time 
accurate? 

The display may be inaccurate by design 
(usually a small amount) or because of a 
malfunction. The displayed delay time 
comes from the the user interface - not a 
measurement. If the unit is broken it may not 
tell you.  

SIM® Delayfinder: Delay measurement 
test 

4) Delay Line Output 
gain

Output level too low? Possible overdrive of preceding input stages. SIM®: Spectrum response: Maximum 
output capability test. As above.

Oscillator and oscilloscope

Output level too high? Excess noise SIM®: Spectrum response: Maximum 
output capability test. As above.

Oscillator and oscilloscope

5) Output Section Is it balanced? Some professional equalizers and delay lines 
offer balanced outputs as an add-on option. 
The unbalanced option is sometimes 
purchased to save  money. Since they will 
probably drive the long line to the amp racks 
it is the worst place to go unbalanced. 

SIM®: Frequency response: Amplitude and 
Phase: Balanced Line Check 

6) Equalizer Input gain Same as for delay line above Same as for delay line above Same as for delay line above Same as for delay line above

7) Equalizer section Is the displayed 
equalization accurate? 

The displayed eq response may not factor in 
the interaction between filters. Digital eq's 
or digital controlled analog eq's response 
display comes from the the user interface - 
not a measurement. If the unit is broken it 
may not tell you.  

SIM®: Frequency response: Amplitude and 
Phase: Frequency response test 

Fig 4.5b FOH rack verification reference chart.



© Meyer Sound 1998

Meyer Sound Design Reference

190

4.6 Amp RackVerification

4.6 Amplifier Rack Verification

Fig 4.6a Amplifier rack verification.
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The amplifier rack is the last stop for line-level
electronics. The connections between the CEU and the
amplifier must be verified as it is vital for system
protection. The amplifier voltage gain and polarity will
be critical factors if systems from different sources are
integrated. There are more opportunities for miswiring,
incompatibility and improper operation in the amplifier
rack than anywhere else in the system. This is a step that
should never be bypassed.

An example amplifier rack flow block diagram is shown
in Fig 4.6a along with its corresponding verification chart
(Fig 4.6b).

Verifying Amplifier Voltage Gain

Amplifier voltage gain is a critical parameter to the op-
eration of the system, as described in Section 1.4. It can be
easily measured with a simple AC voltmeter and a sine
wave generator.

To measure amplifier voltage gain:

• Disconnect the amplifier from the CEU and
speakers.

• Input the sine wave generator to the amplifier.
If the VOM is not frequency independent, set
the sine wave frequency to 60 Hz.

• Measure the voltage across pins 2 and 3 at the
output of the generator. Adjust the generator
output to 1 VAC. The generator should have a
low impedance output so that the input imped-
ance of the amplifier does not load it down. To
verify that the amplifier is not loading the gen-
erator down you can monitor the level while it
is plugged into the amplifier input.

• Move the voltmeter to read the output of the
amplifier. Adjust the amplifier level controls to
achieve the desired standard voltage gain as
shown in Chart 1.4a.

If you are using the Meyer self-
powered series speakers you don't
have to deal with this!

Each numbered test point corresponds to the
tests included in the verification chart at right.



© Meyer Sound 1998 191

Meyer Sound Design ReferenceVerification

4.6 Amplifier Rack Verification

4.6 Amp Rack

Amp Rack 
Verification

What to look for Possible result How to verify w/SIM® Verify w/o SIM®

1) Balanced Cable As in previous section As in previous section As in previous section As in previous section

2) Ceu Level Is the CEU level set lower 
than -15 dB?

Loss of headroom in FOH system. It will be 
difficult to drive the amplifier to full power 
without clipping the FOH or mixer stages. If 
CEU level is set too low then amplifiers tend 
to be set too high. 

3) Amplifier Voltage 
Gain

Excess voltage gain: (>30 
dB)

Decreased Speakersense™ protection, excess 
hum & noise. 

Insufficient voltage gain 
(<10 dB) 

Amplifier cannot be driven to full power 
with overloading the CEU and preceding 
components. 

Nonstandardized voltage 
gain

If multiple amplifier sections without the 
same gain, acoustical crossover will shift 
causing possible phase cancellations, peaks 
and dips. 

Measure frequency response and verify 
whether the crossover is at the correct 
frequency range. 

4) Amplifier Polarity Is the amplifier pin 2 or 3 
"hot"?

Possible polarity reversals when interfacing 
your system with amplifiers from different 
manufacturers. 

See following section on polarity 
verification

5) Banana Plug 
mispatch:

Is the banana plug wired or 
inserted incorrectly?

Polarity reversal. Ground wire (-) should be 
connected to the ribbed side of the banana 
connector and inserted into the black 
terminal of the power amplifier.  

See following section on polarity 
verification

Is the banana plug patched 
to the incorrect channel?

Channel reversal of HF and LF drive to 
speaker. Caution: This may damage the 
loudspeakers. 

5) SpeakerSense™ 
mispatch:

Is the sense line hooked up? No driver protection. Sense LED will not light when signal 
is applied (M-1, M-1A, M3, P-1A, P-2, 
MPS-3 or B-2(all). Sense LED will turn 
red when signal is applied (M-1E, S-1, 
M-3A, D-2, M-5, M-10A)

Is the sense line connected to 
the incorrect channel?

Channel reversal of HF and LF sense line. 
Limiters will not properly protect the 
drivers.

Is the banana plug inserted 
incorrectly?

Polarity is not important on sense connections 
except for those CEU's with Multisense™. 
Then, if multiple sense inputs per channel are 
used the effectivity of the sense circuit will 
be defeated.

6) Speaker pigtail 
miswired:

Does the pigtail wiring 
conform to the standard?

Polarity reversal, channel reversal or no 
sound.

Is the correct pigtail being 
used?

If a subwoofer pigtail is used to drive 
biamplified full-range products (such as the 
UPA) there will be no sound. The inverse of 
this is also true.

VOM: Speaker cable continuity test.

Fig 4.6b Amplifier rack verification reference chart.
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4.7 SpeakerVerification

4.7 Speaker Enclosure Verification
Counterfeit Drivers
A more subtle form of counterfeiting is the substitution
of other manufacturer's drivers or HF diaphragms.
Meyer drivers can only be repaired at the factory in Ber-
keley, California, or at the Meyer Sound European Ser-
vice Center. If someone tells you they reconed a speaker
or replaced a diaphragm, you know that it is not a real
Meyer part. If you suspect that you have such parts
please call Meyer Sound to help determine if it is authen-
tic.

Internal Wiring
If the speakers have been field serviced it is possible that
the speakers have been internally miswired. This is rela-
tively rare, however. Opening the cabinet should be a
measure of last resort in polarity verification.

Because speakers are the last point in the signal chain
they are often blamed for problems that occurred up-
stream. Inevitably the problem may be in the speaker it-
self. Blown, damaged or fatigued drivers, internal mis-
wiring, loose screws or damage to the enclosure are the
usual failure modes. Fig 4.7a is a verification chart for
speakers

Counterfeit Enclosures
If you bought used speakers or are renting them from a
disreputable company you may find yourself with coun-
terfeit drivers or enclosures. There are various companies
that have manufactured copies of Meyer speakers and
marketed them as authentic. Fortunately, the poor work-
manship of such systems makes them easy to detect for
any experienced Meyer user.

Speaker Verification What to look for Possible result How to verify w/SIM® Verify w/o SIM®

1) Internal Miswiring Red wire should go to red 
terminal. Black to Black. 
For HF Drivers White goes 
to red and Green to Black. 
This should only be 
considered as a cause if the 
drivers have been field 
serviced at some time in the 
past.

Polarity cancellation between units or at 
crossover. 

See following section on polarity 
verification

Visual check

2) Open or shorted 
driver

No sound (open) or very low 
level (shorted)

Shorted driver can damage the power 
amplifier

3) Rub, buzz, rattle Loose screws. Damaged 
enclosure.  Partially 
deformed driver former. 
Exhausted surround. 

Mechanical noises and distortion increasing 
dramatically as output level rises. 

Sine wave sweep, Distortion test Physically inspect cabinet and driver. 
Sweep with sinewave and listen for 
mechanical noise.

4) Alien Driver 
Substitution

All Meyer Sound driver 
components have a Meyer 
serial # sticker on them. 
This should only be 
considered as a cause if the 
drivers have been field 
serviced at some time in the 
past.    

Anything goes Measure frequency response and compare 
to known Meyer driver

5) Alien speaker 
enclosure

If the cabinet does not have 
a Meyer S/N in the handle 
cups or on the cabinet rear 
(smaller speakers) it may 
not be authentic.

Anything goes Measure frequency response and compare 
to known Meyer speaker

Fig 4.7a Speaker verification reference chart.



© Meyer Sound 1998 193

Meyer Sound Design Reference

The continuity of cables can be easily and reliably veri-
fied by a wide range of devices. These include ohmme-
ters, dedicated cable testers, and frequency analyzers.
Testing the balanced throughput on a line level device or
transformer is best performed by a frequency analyzer,
such as SIM System II. The parameters to be tested in-
clude continuity, polarity, frequency and phase response,
S/N ratio and distortion.

4.8 Balanced LinesVerification

4.8.1 Normal

3
2
1

3
2
1

Fig 4.8b Normal balanced line. The peak of the delayfinder trace is pointing upward. This in-
dicates a non-inverting line.

Unity gain amplitude response

Flat phase response centered at 0 °

Upward orientation of the
Delayfinder peak

AC coupling

AC coupling

S/N ratio very high

Fig 4.8a Normal balanced line. The amplitude trace shows unity gain. The phase trace is cen-
tered at 0°. This indicates a non-inverting polarity. The AC coupling and transient inter-

modulation (TIM) filters will only be found on active devices and transformers (not cables).

TIM filter

Balanced line cable.

3
2
1

3
2
1

Balanced line device.
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4.8.2 Polarity Reversal

Verification 4.8 Balanced Lines

Fig 4.8c Polarity reversal of a balanced line. The amplitude trace is unaffected, however, the
phase trace is centered at 180°. This indicates a polarity inversion.

Fig 4.8d Polarity reversal of a balanced line. The peak of the delayfinder trace is pointing down-
ward. This indicates that the system is "net inverting."

Unity gain amplitude response

Flat phase response centered at ± 180 °

3
2
1

3
2
1

3
2
1

3
2
1

Balanced line cable.

Device with balanced inputs and outputs.

There are only three wires in a typical balanced mic cable
and yet there seem to be dozens of creative methods of
connecting them. The most typical error is the reversal of
pins 2 and 3. The result is a reversal of polarity.

Balanced line devices are not necessarily non-inverting.
Check it!

?

Downward orientation of the
Delayfinder peak
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3
2
1

3
2
1

3
2
1

3
2
1

3
2
1

3
2
1

3
2
1

3
2
1

A) Pin 2 open

B) Pin 3 open

C) Pin 2 shorted to pin 1

C) Pin 3 shorted to pin 1

Fig 4.8f Unbalancing of a balanced line. Each of the
above scenarios causes a 6 dB signal loss.

Fig 4.8g Frequency response of a balanced line that has become unbalanced. The amplitude re-
sponse shows a broadband 6 dB loss due to the loss of one-half of the voltage drive. The phase

response is unchanged from the balanced scenario

The great majority of interconnections between devices
are made with balanced lines, preferred for their superior
noise rejection and maximum level. Balanced lines utilize
two polarity reversed signals creating a differential volt-
age between them. It is possible to lose one of the two
signal lines yet continue to pass signal with a 6 dB level
reduction. Such cables can be difficult to detect, often
causing level mismatches.

6 dB loss in the amplitude response

Verification 4.8 Balanced Lines

4.8.3 Unbalanced Lines

3
2
1

T
S

3
2
1

T

S

Fig 4.8e Unbalanced cable with mono phone jack.
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C. Outer speakers only. The midrange area shows a 6 dB difference in level. This was caused by an unbalanced
cable driving the amplifier.

4.8.4 Unbalanced Cable Field Example

Verification 4.8 Balanced Lines

Fig 4.8i Flow block diagram of the system. The cable
driving the left outer LF channel was unbalanced, creat-
ing the frequency response problems shown in Fig 4.8h

below.

An unbalanced line can cause subtle problems that are
difficult to detect. Here is an example of a concert hall
system where the left and right channels do not match,
leaving the mix engineers with poor imaging and incon-
sistent coverage. Various theories were espoused about
the cause, such as the slight asymmetry of the room, or
the length of the cable runs. Equalization and level offset-
ting had been implemented unsuccessfully to compen-
sate. Using SIM System II the problem was revealed to be
an unbalanced line to one speaker's LF amplifier.

MSL-
3A

MSL-
3A

Hi
Lo

Hi

Lo

B-2EX 650-R2

650-R2

CP-10 EQ M-3A
Hi
Lo

Unbalanced cable

Amplifiers SpeakersEQ CEUs

Inner

Outer

Subs

A) Inner and outer speakers driven. Data shows a mismatch in the midrange response of the left and right systems.

Fig 4.8h The effect of a single unbalanced cable on a complex sound reinforcement system. Each screen shows a
comparison of the left and right sides as measured from the center.

L & R HF matchedL & R subs matched

L & R HF matchedL is 6 dB down from R

L & R matched over full range

L & R MF not matched

B) Inner speakers only. The responses are matched indicating no problem here.
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4.9.1 Introduction

Like Drivers Polarity Reversal

When two or more transducers cover the same frequency
range, they must have the same polarity to add most effi-
ciently and maximize system power.

If the polarity of two drivers is reversed in the
crossover area:

• The speakers will not add together properly,
compromising the power response at cross-
over.

• The vertical coverage pattern will be degraded.

• Frequency response nonlinearity will result.

• The high driver reliability will be reduced due
to excess excursion.

Crossover Polarity ReversalLike Drivers Polarity Reversal

If some drivers are reversed polarity from
others in the same frequency range:

• The speakers will not add together properly,
compromising the power response.

• Abnormal coverage patterns will be created.

• Frequency response nonlinearity will result.

• The system reliability will be reduced due to
excessive excursion.

Crossover Polarity Reversal

When two or more transducers cover different frequency
ranges, they should have matched phase responses at
crossover to add efficiently and maximize system power.
This does not necessarily mean that they have the same
DC polarity, as explained in the following section.

One of the most critical aspects of  verification is polarity.
The tables in the previous section detailed the many op-
portunities for polarity reversal in a system. Although re-
versals can happen anywhere in the signal chain, it is not
until it comes out of the speakers that we get a sense that
something is wrong. This section shows how to detect
polarity reversals. Once detected, the previous sections
will help to find where the miswiring has occurred.
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A positive DC voltage on the red terminal creates a for-
ward movement on all Meyer Sound transducers.

The polarity of low-frequency drivers can be verified
with one of the most inexpensive pieces of test gear on
the market: A 9-volt battery.

In the case of horn loaded drivers, such as in the MSL-
3A, MSL-5, MSL-6 and MSL-10A, a flashlight is required
to view the driver motion.

Verification

4.9.2 LF Driver Polarity Verification

4.9 Polarity

Speaker Polarity Driver             Terminal
Battery Check Table   ( + )   ( - )

MSL-10A MS-12 Pin 1 Pin 2
MS-12 Pin 3 Pin 4

MSL-5 (EP) MS-12 (x2) Pin 1 Pin 2
MSL-5 (PYLE) MS-12 (x2) Pin 2 Pin 1
MSL-3 (EP) MS-12 (x2) Pin 1 Pin 2
MSL-3 (PYLE) MS-12 (x2) Pin 2 Pin 1
MSL-2A, USM-1 MS-15 Pin 1 Pin 2
UM-1, UPA-1, UPA-2 MS-12 Pin 1 Pin 2
UPM-1, MPS-355 (XLR) MS-5 (x2) Pin 2 Pin 1
MPS-305 (XLR) MS-5 Pin 2 Pin 1
UPM-2 (XLR) MS-5 (x2) Pin 2 Pin 1
MPS-355 (Speak-on) MS-5 (x2) Pin 3 Pin 1
MPS-305 (Speak-on) MS-5 Pin 3 Pin 1
UPM-1J, MPS-355J (XLR) MS-5 (x2) Pin 2 Pin 3
MPS-305J (XLR) MS-5 Pin 2 Pin 3
650-R2 MS-18 Pin 4 Pin 1

MS-18 Pin 3 Pin 2
USW-1 MS-15 Pin 4 Pin 1

MS-15 Pin 3 Pin 2
MSW-2 MS-18 Pin 4 Pin 1

Table 4.9b  Battery polarity test reference.

Battery Polarity Test

1. Disconnect the speaker cable from the power am-
plifier.

2. Connect a 9-volt battery to the end of the speaker
cable as shown in Fig 4.9a. Use the appropriate pins
for each speaker model as shown in Table 4.9b.

3. The driver should move forward.

Speaker
Pigtail

Speaker
Cable

+
_

Battery

Fig 4.9a Battery polarity check.

CAUTION: Never
perform this test by
applying the battery
to the input of the
power amplifier or
other electronic com-
ponents. Do not per-
form this test on
Meyer Sound self-
powered speakers.

!
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4.9.3 Multiple Speaker Enclosures

When used alone, the absolute polarity of a speaker has
very little, if any, perceptible effect. When combined with
others the polarity issue becomes critical.

Fig 4.9c shows the amplitude and phase responses of two
speakers with opposite polarities as measured in the
manner described at right. The amplitude responses are a
perfect match, but the phase responses show a difference
of 180° over the full frequency range. This indicates a po-
larity reversal of both the HF and LF drivers. Singularly
these speakers would be fine. If used together, there will
be broadband cancellation.

Fig 4.9c Polarity reversal of both the HF and LF drivers compared to that of a normal system. The amplitude re-
sponse is identical. The phase response shows a difference of 180° at all frequencies. The sound of these two

speakers will be the same. The only difference is how they combine with other speaker systems.

How to verify that two speakers have matched
polarity:

Place two speakers adjacent with a measuring
microphone placed at the center line between the
cabinets. Connect one speaker and input an ap-
propriate test signal such as pink noise or music.
Observe the frequency response and level. Add
the second speaker. The entire response should
rise approximately 6 dB. Polarity reversals be-
tween cabinets will cause severe broadband can-
cellation. The cancellation is most easily detected
when the cabinets are adjacent.

Normal Reverse

180° apart
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4.9.3 Multiple Speaker Enclosures

Verification 4.9 Polarity

Single

Full range polarity
reversal between
two speakers.

Single speaker

Fig 4.9e

Comparison of a
single speaker versus
two speakers that are
matched in ampli-
tude but reversed in
polarity. The ampli-
tude and phase re-
sponses become very
irregular. The S/N
ratio is greatly de-
creased.

Full range addition of
two speakers with the
same polarity.

Fig 4.9d

Comparison of a
single speaker versus
two speakers that are
matched in ampli-
tude and phase.
There is 6 dB of addi-
tion when the second
speaker is added.

Single speaker
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4.9.4 Polarity of Multi-way Systems

Verification 4.9 Polarity

An example of  multi-way
system polarity verification
is shown in Figs 4.9f and
4.9g. In both figures the am-
plitude and phase responses
are compared with normal
and polarity reversed con-
figurations. Notice the loss
in amplitude at the acousti-
cal crossover  of 900 Hz. The
amplitude trace alone cannot
tell you which driver is re-
versed. In Fig 4.9f the phase
responses are 180° apart
above crossover,  indicating
a HF polarity reversal.

In Fig 4.9g the phase re-
sponses are 180° apart below
crossover,  indicating a LF
polarity reversal.

Normal

Fig 4.9g Polarity reversal of LF driver compared to a normal system.

Fig 4.9f  Polarity reversal of HF driver compared to a normal system.

HF  Polarity
Reversal

LF  Polarity
ReversalNormal
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4.9.5 Polarity or Phase?

The term “phase reversal” is commonly applied in refer-
ence to a polarity reversal. Polarity is a directional param-
eter (voltage or pressure) independent of frequency.
Phase is a frequency dependent time delay parameter.

When identical speakers are opposite in polarity, the sig-
nals arrive in time, but reversed in pressure. Contrast this
with the comparison below (Fig 4.9h) of the phase re-
sponses of two different speakers, the UPA-1C and MSL-
2A. These models have the same polarity and are "in
phase" through most of their mutual coverage range.
However, the phase responses diverge in the low end
due to their different cutoff frequencies. At 60 Hz the two
speakers are 180° apart.

4.9 PolarityVerification

Fig 4.9h Comparison of the UPA and MSL-2A phase responses.

MSL-2A

UPA

The B-2 series of CEUs was designed to optimize the
crossover between these subwoofers and the UPA-1 and
MSL-3 full-range speakers. The MSL-2As extended low-
frequency response created a different phase scenario.
Therefore, it is most common to reverse the polarity of
the subwoofers (or the MSL-2A) to make them "in phase."
The example on the following page (Figs 4.9i-4.9k) illus-
trates the combination of an MSL-2A and an MSW-2
subwoofer. The scenario where the cancellation occurs is
when both speakers are "normal." The best addition oc-
curs when the MSW-2s are reversed from the MSL-2A.

The phase relationship between the systems will change
if the subwoofers are separated from the mains. A polar-
ity reversal or delay line may be required to optimize the
crossover.

This difference in phase response affects:

• The LF coupling between the MSL-2A and UPA-1.

• How the two models combine with subwoofers.

MSL-2A
UPA
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Subwoofer polarity optimization is illustrated in Figs
4.9i-4.9k. Each speaker was measured individually before
being combined. In Fig 4.9i the phase responses are well
matched through crossover and will combine efficiently.
Compare this to Fig 4.9j where the phase responses are
180° apart. The combined response, and resulting power
loss, is shown in Fig 4.9k.

Mid Hi onlySub Only

Fig 4.9i Subwoofer and mid-ranges with matched
phase responses.

These speakers will add together with maximum effi-
ciency at crossover.

Mid Hi onlyCombined

Mid Hi onlySub Only

Fig 4.9j Subwoofers and mid-ranges with divergent
phase responses.

These speakers will combine poorly with cancellation at
crossover and minimal power addition.

4.9.6 Subwoofer Polarity Optimization

Fig 4.9k The combined response of the MSL-2A and
MSW-2 subwoofer compared to the MSL-2A alone.

The combined response in the 50 to 100 Hz range is re-
duced from that of the MSL-2A alone. This can be rem-
edied by reversing the polarity of the subs.
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Verification 4.9 Polarity

4.9.6 Subwoofer Polarity Optimization

Subwoofer system polarity must be evaluated
on a case-by-case basis because the phase re-
sponse at crossover is subject to:

• The physical relationship between the subwoofer
and midrange enclosures at crossover.

• The boundary loading of the subwoofers in the
space.

• The number of subwoofers and array configuration.

• The actual acoustical crossover (Section 4.10).

Subwoofers represent a special case in regard to polarity
optimization. Section 4.9.5 described the need for phase
addition through crossover in integral multi-way systems
such as UPAs and MSL-2As, etc. The same principals
hold true for subwoofers. In contrast to the integral sys-
tems, subwoofers have several open variables.

0 ms (Add)10 ms (Add) 5 ms (Cancel)

5 ms (Cancel)

An example of a concert application with a flying main system and subwoofers on the deck is shown in Fig
4.9l. On the floor the subwoofers arrive first. In the balcony the mains are first. Near the middle they are
equal. The crossover is 100 Hz. Therefore, a time offset of 5 ms (1/2 wavelength) will cause cancelation. An
offset of 0 ms or 10 ms (a full wavelength) will cause maximum addition. It is impossible for all seats to have
addition when the systems are separated like this. Choose carefully where the maximum addition occurs.
Hint: the mix position.

Fig 4.9l Changing time offest between mains and subwoofers.

Sub Polarity Optimization Without Tools

Here is a simple way to verify subwoofer addition. Put
on a CD or pink noise. Insert a filter in the crossover
range (90Hz to 120 Hz) and give it a large boost. Listen.
Reverse the polarity of the subwoofers and listen again.
Use the setting that has the most energy at crossover.

Subwoofer Phase Optimization with SIM®

The subwoofer crossover is optimized when the phase
responses are matched. Simple polarity-based tech-
niques have two choices:  0° or 180°. But what if the
speakers are 90° apart or 270° or 540°? A delay line can
be used to bring the phase responses together. An ana-
lyzer with a phase versus frequency display is required.

Subwoofer phase alignment when the mid-ranges
lead the subwoofers in time:

• Measure the subwoofer alone. Set the internal de-
lay so that a flat phase response is created in the
crossover region. Store and recall the response
onto the screen.

• Measure the full range speaker alone without ad-
justing the SIM internal delay.

• Adjust the delay line for the full range speaker so
that the phase responses overlay on the screen.
Reverse polarity if necessary.

When the subwoofers lead in time, the role of the
delay line is reversed.
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4.10.1 Acoustical Crossover

HF Driver at 0 dB

Fig 4.10b  Misaligned crossover of the UPA-1C. The LF amplifier was set to –6 dB.

Fig 4.10a Normal crossover of the UPA-1C. Both amplifiers have the same gain.

LF Driver
at –6 dB

The amplifier gain should be
the same for both the HF and
LF drivers to obtain proper
addition through crossover.
(A complete explanation of
this can be found in section
1.4.6, Matching Amplifier
Voltage Gain.) This can be
confirmed by testing the am-
plifier directly (Section 4.6)
but inevitably it must be veri-
fied acoustically, since the
wiring could also be faulty.
Figs 4.10a and 4.10b show the
response of a UPA-1C sys-
tem with correct and im-
proper acoustical crossover
settings. The LF channel is re-
duced 6 dB from the HF, as
could result from turning
down the LF amplifier, or an
unbalanced line to the LF
amplifier. Notice in  Fig 4.10a
that the crossover region oc-
cupies a wide area centered
around 1200 Hz where both
drivers are close in level and
matched in phase, creating
maximum efficiency through
crossover. In  Fig 4.10b the
crossover is lowered to 800
Hz, where the phase traces
have diverged greatly,  pro-
viding minimal addition
(and perhaps cancelation).
The HF driver will have to
provide all of the power
above 800 Hz (more than an
octave lower than before).
Danger!

HF Driver
at 0 dB

LF Driver
at 0 dB

Power shared between HF
and LF drivers in this region

Phase responses not matched
at acoustical crossover

HF driver must supply all
power in this region

!
The design of all Meyer
two-way speaker sys-
tems is predicated on a
fixed physical and elec-
tronic relationship be-
tween the LF and HF
drivers.
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The integral systems have a fixed ratio of LF and HF
drivers. Adding another enclosure does not alter the
acoustic crossover. The quantity of subwoofers is prima-
rily a function of power requirements. The quantity of
full range enclosures is a combination of coverage and
power requirements. As these quantities change, acousti-
cal crossover between them shifts.

4.10.2 Crossover Alignment Considerations

4.10 CrossoversVerification

The relative levels of the B-2 series, D-2 and full-
range CEUs will depend upon:

• The relative quantities of subwoofers, DS-2s and
full-range cabinets.

• Their relative power amplifier voltage gain. These
should be identical, but because the amplifiers used
for subwoofers may be different models than the
others, it cannot be assumed.  Check it!

• Speaker coupling and room acoustics.  Subwoofer ef-
ficiency is particularly dependent on boundary
loading. Half-space loading will cause a sub-
woofer to be more efficient than it would be
in free field. Reverberant rooms are less lossy
than absorptive rooms or outdoors.

For  example: The recommended crossover for a 650-R2
with a full-range system is 100 Hz. A single MSL-3 and
650-R2 with matched CEU levels and amplifier voltage
gains creates an  acoustical crossover at 100 Hz. This will
shift, however, if any of these variables are changed.

The primary purpose of changing the ratio of enclosures
should be to tailor the power and coverage requirements,
not to change the frequency response. If the ratio of sub-
woofers is increased, then the subwoofer CEU level
should be decreased accordingly to maintain a constant
crossover and frequency response, while increasing the
maximum power capability in the low frequencies.

The acoustical crossover frequency rises if the:

• Ratio of subwoofer speakers to full-range speak-
ers is increased.

• Subwoofer CEU level is increased.

• Subwoofer power amplifier voltage gain is in-
creased.

• Subwoofers are 1/2 space or 1/4 space loaded or
in a reverberant environment.

The crossover frequency falls if the:

• Ratio of subwoofer speakers to full-range speakers
is decreased.

• Subwoofer CEU level is decreased.

• Subwoofer power amplifier voltage gain is de-
creased.

• Subwoofers are flown.

• Full-range CEU Lo cut switch is out.

The crossover frequency will remain op-
timized if the above factors can be com-
pensated by a relative level adjustment
of the CEU level controls.
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To verify DS-2 acoustical crossovers:

• Measure the full-range system alone and store the re-
sponse. The Lo cut switch must be in.

• Measure the DS-2s alone.

• Adjust the DS-2 level until it matches the level of the
full-range system in the crossover range (160 Hz to 180
Hz).

• Store the DS-2 response.

• Add the systems together and check for addition in the
crossover region. If there is no addition, try reversing
the DS-2 polarity. Store the combined response.

• Measure the subwoofers alone.

• Adjust the level of the subwoofers until they match the
level of the DS-2s in the crossover range (60 Hz to 80
Hz).

• Store the subwoofer response.

• Add the systems together and check for addition in the
crossover region. If there is no addition, try reversing
the subwoofer polarity.

To verify subwoofer acoustical crossover:

• Measure the full-range system alone and store the
response.

• Measure the subwoofers alone.

• Adjust the level of the subwoofers until they
match the level of the full-range system in the
crossover range (90 to 120 Hz).

• Store the subwoofer response.

• Add the systems together and check for addition
in the crossover region. If there is no addition, try
reversing the subwoofer polarity.

Crossing in Subwoofers

The factors affecting subwoofer acoustical crossovers are
complex enough to prevent me from offering particular
settings for each scenario. Fortunately it is quite simple to
verify.

Crossing in the DS-2

It is particularly critical to verify the acoustical crossovers
of the DS-2 mid-bass cabinet. The DS-2's frequency range
is sandwiched between speakers capable of operating in
the same range. The DS-2, however, is much more effi-
cient in this range. The required CEU levels of the
subwoofer, DS-2, and mid-hi systems depend on the
quantities of the speakers. The CEU relative levels must
be set to achieve acoustical crossovers of approximately
60 and 160 Hz. If the DS-2's CEU level is set too high, the
crossover will move up above 160 Hz, a region where the
cabinet performs poorly. When customers have come
away with poor impressions of the DS-2 this has almost
always been the case. If the level is set too low the DS-2
will be ineffective, as its response will be overrun by the
other speakers.

The DS-2 is a tremendously powerful addition to your
system if you set its acoustic crossovers correctly.

To verify the acoustical crossover of integrated full-range
speakers is primarily a matter of verifying your wiring
and amplifier voltage gain. The final check is an acoustic
measurement.

Speaker Acoustic
Crossover

MSL-10A 900 Hz

MSL-5 900 Hz

MSL-3A 700 Hz

MSL-2A 900 Hz

USM-1 900 Hz

UM-1C 1200 Hz

UPA-1C 1200 Hz

UPA-2C 1200 Hz

4.10.3 Crossover Alignment Procedures

4.10 CrossoversVerification

To verify an integrated
speaker's acoustical
crossover:

• Measure the HF driver
alone and store the re-
sponse.

• Measure the LF driver
alone and compare its
level at crossover.
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Alignment 5.1 Introduction

5.1.1 Alignment Goals

At this point we have a fully verified sound system. All
of the previous steps have put us in a position to align
the system to its highest potential. Let's take a moment to
review the goals of the alignment process.

These are all acoustical interactions with the speakers.
Potential electronic obstacles such as our own miswiring
have already been dealt with in the verification stage.

There are several techniques available for us to overcome
the problems posed above.

The goals of the alignment process:

• Provide the most accurate reproduc-
tion of the input signal's amplitude
and phase response.

• Maximize intelligibility.

• Provide a consistent sound pressure
level and frequency response over
the listening area.

• Create realistic sonic imaging.

• Minimize the effects of poor acous-
tics.

We are now ready to face the remaining obstacles to sys-
tem optimization discussed in Section 2 and to overcome
them as much as possible. Let's take a moment to review
them:

The obstacles to system optimization:

• Speaker interaction.

• Reflections.

• Dynamic conditions.

Techniques for system optimization:

• Architectural modification.

• Speaker repositioning.

• Electronic time delay.

• Gain structure adjustment.

• Complementary equalization.

The tools for system optimization:

• Your ears (don't leave home without
them).

• SIM SystemII (surprise!).

• High-quality measurement micro-
phones such the Bruel & Kjaer 4007.

Each of these options have their own fiscal impacts and
relative effectiveness and practicality depending upon
your application.

The alignment process will require dedicated high qual-
ity acoustic measurement instrumentation  able to ana-
lyze all of the stated obstacles and verify the effect of the
corrective actions.
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5.1.2 Dividing Lines

Alignment 5.1 Introduction

The "Art/Science" Line

The system will  be subdivided in order to allow the
measurements required for alignment to proceed without
constant repatching.

From the viewpoint of alignment, the  sound system is
composed of three sections as shown in Fig 5.2a.

Source: This includes all pre-equalizer system compo-
nents. This is the original  input into the sound system.
Our primary goal is to reproduce this signal accurately.
The alignment process makes no effort to control the
spectral content of the source, which is totally under the
control of the artist and mix engineer. This is considered
the artistic side of the system. Usually included in this
category is a "house" equalizer under the control of the
mix engineer for overall response shaping. The only
items to be aligned in the source category are the system
delay lines and relative matrix output levels. Specific
channels, such as body mics, may also be equalized when
desired.

Equalizer: We have now crossed the "Art/Science" line.
The equalizer will be used to align the response of the
system to compensate as much as possible for the effects
of speaker interactions, reflections and dynamic acousti-
cal conditions. The system will have separate equalizers
for each subsystem. These will be used to maximize the
consistency of the response throughout the room.

Room+Speaker: This includes all post-equalizer system
components, the room acoustics and dynamic conditions,
and the measurement microphone. The response of the
speaker will be modified by these interactions causing
variations in level, intelligibility and frequency response.
We will attempt to minimize these effects by damping re-
flections and steering the speakers away from the reflect-

ing surfaces. Delay lines will compensate for time offsets.
Level setting will minimize the speaker overlap and
smooth out the SPL distribution. The remainder will be
compensated by equalization.

The concept of the "art/science" line is critical to under-
standing the alignment process. The overall sound is a
matter of artistic expression. While science and technol-
ogy may be used to aid artistic expression, they should
not dictate or control it. On the other hand, the difference
in sound between the mix position and the audience in
the balcony is not "an artistic decision." It is a challenge
posed by acoustical physics and can only be solved
within the realities of the laws of physics.

If the mix engineer does not understand this they may
feel that the SIM® System Operator has intentions of tak-
ing away their artistic control. The opposite is true. Artis-
tic control is enhanced for the mixer by a simple subdivi-
sion of responsibility: The mix engineer will make it
sound good where his or her ears are; The SIM® system
operator will make it sound the same where the audience
is.

The modern mix engineer has little time to walk around
the hall and analyze the response throughout the hall.
Their most pressing concerns are the 100 channels of au-
dio, thirty-two outboard devices, and the forty-eight
sound cues during the show. The increasing sophistica-
tion and expectation of modern audiences, along with the
skyrocketing costs of concert tickets, means that making
it sound good at the mix position is simply not good
enough. It must sound the same in the audience area, and
the only way to ensure that is to measure all over the hall
and compensate for the differences. The only system in the
world designed to do this is SIM® System II.

The Art/Science line is illustrated by this real world example.

If he answers that it sounds bad here too, we have a
difference in artistic opinion. I send the listener to the
mixer, and let them work it out. ART.

If he answers that its sounds great at the mix position,
I will need to solve the problem of why it sounds dif-
ferent in the balcony. SCIENCE.

In the middle of a concert a patron from the balcony
approaches me (the SIM Engineer) in the mix area.

"I don't like the way it sounds," he says.

"How does it sound here?" I ask.
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5.2 Interfacing the Measurement System

Fig. 5.2a illustrates the dividing lines between the source,
EQ, and room+speaker systems. Measurement zones are
divided into branches which are defined simply as an
equalizer, speaker(s), and a measurement mic.

Alignment 5.2 Interface

Each branch will have three measurement
access points:

•EQ input.

•EQ output.

•Microphone.

The data from these three points gives us all we need to
determine the effectiveness of architectural modifica-
tion, the need for and effects of speaker repositioning,
and to set level, delays and equalization.

The spectrum at each of these points in the signal chain
is analyzed. The difference between  spectrum pairs is
found by analyzing their transfer function, which gives
the amplitude, phase and S/N ratio of these systems (as
discussed in Section 1.9). Three transfer functions are
derived from these inputs by comparing the following
pairs of points.

Room+Speaker: EQ Output versus Mic

This is the unequalized response of the system. The
room plus speaker response will be affected by changes
in speaker or microphone position, dynamic acoustic
conditions, and the interaction of other speakers.
Changes in amplifier or CEU level would also be de-
tected here. The response of the equalizer does not af-
fect this transfer function since it does not create a differ-
ence between the equalizer output and the mic.

The effect of architectural modifications and speaker
position can be assessed with this measurement.

Equalizer: EQ Input versus EQ Output

The equalizer system is a purely electrical system that
must be capable of creating a response that is comple-
mentary in amplitude and phase to the response of the
room plus speaker system.  This process is termed
complementary equalization (Section 5.8). The EQ transfer
function shows the actual response of the equalizer (In
contrast to the front panel display of an EQ). The EQ re-
sponse can be viewed together with the room plus
speaker response to ensure that precise complement is
created.

Result: EQ Input versus Mic.

This response shows the effect of the correction. If the
room plus speaker response and the EQ response are
complementary the result response will be flat.

The time difference between the electrical signal at the
equalizer input and the microphone (due to the propaga-
tion delay) can be analyzed. This measurement is used to
set delay lines.

The level relationship between the EQ input and mic will
show the relative level at a given location. This will be
used to set relative levels for subsystems.

Fig 5.2a also shows how SIM System II is patched into the
sound system. SIM System II contains all the cabling re-
quired to interface into the system, provided that the
equalizer inputs and outputs are XLR type connectors.
Notice that the signals at the EQ inputs and outputs are
routed through the SIM system and returned, rather than
simply paralleled. This enables the SIM System to control
speaker muting. The measurement procedures call for
each subsystem to be individually measured and then
later combined. The muting capability enables the SIM
Operator to move quickly through these procedures for
each of the speaker subsystems without having to go
down to the amplifier racks to mute a speaker.
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Speaker
System

 EQMixer

Room Measurement
Microphone

EQ Input EQ Output Mic

Result

Room+Speaker Equalizer

Speaker Mute

SIM Interface

Room + SpeakerEQ

Room + Speaker

Speaker

CEUs

Amplifiers

Speaker/Speaker Interaction

Room/Speaker Interaction

Dynamic Acoustical Conditions

Delay Lines

Measurement Mic

5.2 Interfacing the Measurement System

Alignment 5.2 Interface

Fig 5.2a SIM interface patched into a sound system.

EQ input and output signals are routed into the SIM interface and returned.

Source

Stage Mics

Direct Inputs

Mixing Console

Channel EQ

Outboard Gear

Delay Lines

House EQ

Equalizer

Equalizer

The "Art/Science"
Line
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Guidelines for Measurement Mic Placement:

• Avoid positions that have obvious unique lo-
cal conditions, e.g.,  a pillar a few feet away.

•Avoid placing mics in aisles. They tend to have
strong reflections from the open floor in front
of them and are not representative of the area
at large.

• Always point the mic toward the speaker
source.  Even  “omnidirectional” microphones
become directional above 5 kHz at angles of
90° or greater.

• Beware of exact center points in rooms since
they will have unique reflection patterns.

• If at all possible avoid the offer to run your
mic through the house patch bay to save run-
ning the cable.  It almost never works.

• Do not place the mic at sitting head height.
This position will have a strong local reflec-
tion off of the next row. This is not representa-
tive of the response with audience members
seated. Standing head height usually works
better. When working in extreme proximity,
however, such as frontfills, the sitting height
may work better because the standing height
will be out of the vertical pattern.

Measurement microphone placement plays a critical part
in the alignment process. While it is important to main-
tain good techniques for mic placement, do not give too
much thought to finding the “perfect” position. (Unless
you are in a recording studio, in which case you are read-
ing the wrong book.) Our goal is to provide ourselves
with global information so that the system can be aligned
for maximum consistency. Each microphone provides a
local view of the system's response with the global char-
acteristics more or less hidden. The key to mic placement  is
to use positions that provide a global representation with a
minimum of unique local conditions.

5.3.1 Primary Microphone Positions

Where are the Best Measurement Positions?

In the ideal world, everywhere your audience is. In the
practical world, however, we must prioritize the impor-
tance of positions. First priority are positions that are
most representative of each system's coverage area. In
SIM jargon this position is termed a "primary position."

Alignment 5.3 Mic Placement

To determine a primary position we must have a clear
idea of what areas our speakers are covering, as dis-
cussed in the Section 3.

This position represents the "average" seat in the speaker
system's coverage area. This position is the reference
point in terms of speaker positioning and will take first
priority in terms of delay, level and EQ setting.

Speaker Positioning

Horizontal: The coverage pattern can be verified by com-
paring side coverage areas to this position. When you
have reached the –6 dB point you are at the edge of the
pattern. If the pattern edges do not occur as intended, it
is time to reposition the speaker.

Vertical: This position should be average in level for the
seating area. As you move closer, expect to see a rise in
level. As you move farther expect to see a loss. This is a
complex function of the axial attenuation and propaga-
tion loss, which hopefully will combine to create a mini-
mal difference in level over depth. If this does not occur,
consider repositioning.

Level Setting

Once the speaker position is determined, the primary mic
position serves as the relative level marker for this sub-
system with respect to others. If all subsystems are set to
create this same relative level, then maximum consis-
tency will be achieved throughout the hall. This will be
complicated, however, by the interaction of the sub-
systems, which tend to cause some additions.

Primary Mic Position

• On-axis (± 10%) in the horizontal plane. If it is an
array of speakers the mic should be placed on-axis
to a central speaker in the array. (See Section 2.)

• At the midpoint, in terms of depth of coverage.
(This may be below the vertical axis, depending
upon the rake and depth of the seating area.)
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1. Those are the cheap seats anyway.

2. Neither the mixer nor band manager ever
leave the booth so it doesn't matter.

3. If we align it perfectly at the mix po-
sition then it's as good as it can get.

4. It takes too long. Leaves us less time
in catering.

5. It's impossible to make it the same ev-
erywhere, so why get yourself depressed?

6. They should have come early enough to
get a seat near the mix position.

7. The audience will steal my mics.

8. Lighting doesn't have to check how it
looks in every seat so we don't either.

9. By the time the newspaper review comes
out we will be in the next city.

10. The security guards keep people away
from the booth so we won't get any com-
p l a i n t s .

 Top Ten Excuses

For Not Measuring the Audience Area

Delay Setting

The primary position offers a good representation for de-
lay alignment. For most situations the best result will be
achieved when the primary mic position is used as the
synchronous point of alignment.

EQ Setting

The primary position provides a first look. However, it is
highly recommended that additional positions be looked
at and factored in to the final decision on EQ setting.

The Mix Position

You might notice that no mention has been made of plac-
ing a mic at the mix position. This is because the mix po-
sition is, after all, just another seat. It is best if the mix po-
sition is a primary location. However, if it is not, it will
not help to pretend otherwise. In fact, aligning a system
to a poor position will create a worse effect for audience
and mixer alike. There are many reasons why a mix posi-
tion may not be suitable for alignment (or mixing for that
matter), such as being off-axis, at the back wall, under the
balcony, or all of the above. While it is true that the
mixer's reference point is critical, it is futile and destruc-
tive to align the system for a bad mix position.

5.3.1 Primary Microphone Positions

Alignment 5.3 Mic Placement

Fig 5.3a Primary mic positions.

Primary mic is on the horizontal axis, at one-half the depth of field of coverage as shown in plan and elevation views.



Meyer Sound Design Reference

214 © Meyer Sound 1998

5.3.2 Secondary Microphone Positions

Alignment 5.3 Mic Placement

No matter how well placed the primary mic is, it is still
only a single point in the room. I cannot say enough
about the benefits of analyzing additional mic posi-
tions—or about the potential dangers of basing your en-
tire alignment on a single position. Every position has
unique local response characteristics in addition to more
global ones. Extreme peaks and dips can be found at one
position and disappear a few seats later. Moving the mic
or using multiple mics is a form of insurance against
making decisions that will not create global solutions. I
can attest to many instances where a problem appeared
to be solved at one position only to be revealed later that
the "solution" had merely repositioned the problem a few
seats away.

Secondary mic positions provide secondary opinions on
the data. The global aspects of the system become readily
recognizable when multiple placements are compared.
These are the major tendencies of the system, the ones
that will be the keys to getting the system under control.

Secondary positions are found within the coverage area
of the speaker but away from primary position. SIM en-
gineers such as Roger Gans employ a star pattern of posi-
tions around the primary mic. This gives a map of the
horizontal and vertical variations.

Secondary Mics:

• Can be placed over a wide range within the
speaker's intended coverage area.

• Provide additional local information to help as-
certain the global parameters of the speaker sys-
tem response.

The unfortunate side effect of taking secondary measure-
ments is the presence of blatantly contradictory data. The
simple technique of overlaying the 1/EQ curve over the
room+speaker response becomes complicated in the face
of these discrepancies. Typically, the equalizer settings
are appropriate in some frequency ranges and contradic-
tory in others, indicating that the corrections for one mea-
surement position hinders another. A few high resolution
looks at what goes on with position changes will very
quickly sober one's fantasies about automating the equal-
ization process.

In most cases the new positions will show normal varia-
tions in frequency response due to the interaction of the
speakers and the room, as shown in Figs 5.3d and 5.3e.
They may also turn up unexpected results indicating
coverage gaps or excess overlap.

The secondary data can be compared to the primary. Ma-
jor trends will emerge where the responses match. Deci-
sions must be made about those areas where they differ.

At first glance it might appear that taking the two differ-
ent samples and creating an average would make a suit-
able "average" response. The inverse filter could be gen-
erated (manually or automatically) and applied and you
are finished. But unfortunately, it doesn't work that way.

Fig 5.3c  Plan view of secondary mic positions.

Secondary mics are
placed in this area
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This screen shows two mic positions taken seventy-five feet apart in an arena with a MSL-10A system. The unparal-
leled consistency of the MSL-10A's horizontal response can be clearly seen here, which makes for easy EQ decisions.

5.3.2 Secondary Microphone Positions

Alignment 5.3 Mic Placement

Why Automatic Equalization is not Around the Corner:

Automatic equalization is quite appealing as a concept
but very risky in practice. An automated system must
have access to more information than the simple ampli-
tude response, such as the speaker's position, distance,
the type of hall and the complexity of speaker interaction.
If not, the automated system will make the same mis-
takes that a person would make if they had to work
blindly without knowing whether the speaker was even
pointing in the right direction or wired correctly.

A 20 dB peak and a 20 dB dip of a  one-tenth octave
bandwidth average out to 0 dB. But we hear the 20 dB
peak as a massive coloration, while the 20 dB dip is only
marginally perceived. If you leave the 20 dB peak in the
system you will soon be looking for employment.

All data should not automatically be considered as
equally valid. The S/N ratio response will indicate which
position has more reliable data and, therefore,  is more
likely to benefit from equalization. Areas with a low S/N
ratio should not be considered as relevant as those areas
with a high S/N ratio. The S/N ratio trace may in fact be
warning you that the 40 Hz peak you are reading is com-
ing from the air handling system. Try equalizing that!

If the positions yield extreme differences, the system
should be subdivided and equalized, or delayed sepa-
rately. It could also be indicative of a speaker positioning
problem or something that should have been caught in
the verification stage, such as a blown driver or polarity
reversal. An automated equalizer is unlikely to notice
that the lighting crew has now placed a 1K lamp in front
of your high horn.

In some cases a similar peak in the response may appear
in both positions but differ in amplitude or bandwidth.
In such cases, an average between them is applicable.

Fig 5.3d Primary and secondary positions.

Fig 5.3e Primary and secondary positions.

The main trends are clearly seen as similar, but a large difference is seen in the 4 kHz area.
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Fig 5.3f Tertiary mic position reading of off-axis box tier seating.

Many older theatres and opera houses have upper box tier seating wrapping around to the proscenium edge. These
seats must be for people to be seen, since you can neither see nor hear the show from most of them. Not surprisingly,
they can be a source of complaints to house management. In this example the client was hoping that the proscenium-
based speakers would sneak harmlessly past the box patrons without blowing off their toupees. The response was
measured and is shown here in its relative level relationship to the dress circle on-axis position. How did we do?

Box tier seats at
the proscenium
edge

Dress circle
seats in the
center of the
hall

5.3.3 Tertiary Microphone Positions

Alignment 5.3 Mic Placement

Tertiary positions are a third class of placements used to
verify various aspects of the speaker, such as proper wir-
ing, gain structure and position. The data from these po-
sitions is not used to make level, delay or equalization
decisions.

Common Misconceptions About Multiple Microphones
When multiple measurement microphones are men-
tioned there are a few misconceptions that tend to arise.
The most common is that we will sum the microphones
electrically to produce an average response. This has no
validity whatsoever due to the comb filtering resulting
from the summation of the signals with their different
propagation delays. Such an idea could only work in a
world without phase. Another misconception is that we
multiplex the mics, switching from one to another in
rapid succession. This is a vestige of real-time analysis
and again totally neglects phase. A third misconception
is the idea of "spatial averaging," where the mic is moved
around while measurements are in progress. This may be
useful for noise analysis but not for the alignment of a
speaker system.

A final point regarding multiple mic positions is that
they are not a random sampling as might be performed
to check the chlorine content of a swimming pool. Each
mic position is carefully chosen to give data about a par-
ticular speaker system, so that decisions can be made
about that speaker's position, level, delay and equalization. A
random sampling may provide interesting data but this
is an alignment process, not a survey.

An application example of a teriary mic position is
shown in Fig 5.3f.

Tertiary Mic Position Sample Applications

• Near-field verification of crossover and polar-
ity as described in Section 4.

• Coverage angle verification: The mic is placed
at the expected axial edge.

• Seam analysis: The mic is placed at the transi-
tion zone between systems to verify that the
coverage has no gaps.

• Sound leakage onto the stage:  The mic is
placed on stage after the system is aligned to
observe the nature of the leakage.

• Analysis of a particular seat that your client is
very concerned about, such as for a critic.
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5.3.4 Multiple Microphone Positions Example

Alignment 5.3 Mic Placement

Upper Mezzanine (C)

Lower Balcony (B)

Upper Balcony (A)

Orchestra Rear (E)

Lower Mezzanine (D)

Lower Balcony (B)

Lower Mezzanine (D)

Lower Mezzanine (D)

Figure 5.3g shows an application example of vertical cov-
erage mapping of a speaker designed to cover the mezza-
nine and lower balcony levels. The areas above and be-
low the speaker were covered by delays and downfills,
respectively. An elevation view (Fig 5.3h) shows the posi-
tions of each mic. Notice the uniformity of response in
the intended coverage area (positions B, C and D). Note
also the HF rolloff and loss of S/N ratio at the positions
outside the intended coverage area (mics A and E).

This was a case where the actual coverage area worked
as designed.

Fig 5.3g Vertical coverage map using multiple microphones.

Fig 5.3h Mic positions and intended coverage.
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Alignment 5.4 Architectural

Architectural modification is the most effective of the
available options, but it is also the most expensive and
slowest to enact. The costs of purely acoustical solutions
tend to be inversely proportional to frequency. For ex-
ample, something as simple as a curtain can be very ef-
fective for high frequencies, while the cost of giant bass
traps for low frequencies is staggering, and the results
are questionable. To the touring professional, the options
in this category may be nonexistent due to budget, time
and the availability of materials.

The advantage that absorption has over other techniques
is its global benefit throughout the hall.

Figs 5.4a  and 5.4b show the effect of adding absorption
to a wall. The delayfinder trace of Fig 5.4a shows a sharp
reduction of the power of the reflection. The frequency
response is shown in expanded detail in Fig 5.4b. Notice
that the ripple in the HF response is reduced sharply, de-
creasing the need for equalization. Notice also that this
curtain (although quite thick) was totally ineffective in
the low frequencies.

5.4 Architectural Modification

Strong reflection off
of the undamped
surface.

Magnitude of the echo
is reduced by the ab-
sorptive material.

Fig 5.4a Effect of absorptive materials on the impulse response.

Without absorption

With absorption
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5.4 Architectural Modification

Alignment 5.4 Architectural

Fig 5.4b Effect of absorptive materials on frequency response.

The absorption has
no effect in the LF
range.

With absorption added

Without absorption added

With absorption added

Phase

Amplitude
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5.5 Speaker Repositioning

Alignment 5.5 Repositioning

Speaker positioning is critical to creating a system design
that can adequately cover the audience area with a maxi-
mum direct-to-reflected sound ratio. Unfortunately, the
ideal locations for speakers often turn out to be impracti-
cal due to sight lines, lack of hanging points, or obstruc-
tions. Compromise seems to be the status quo for speaker
positions.

System subdivision provides a means for individually
controlling the sound field in different areas of the room.
Most sound reinforcement applications can benefit from
separating the coverage into individual zones, each with
individually adjustable speaker systems. This is the most
effective way to maximize uniformity of coverage and
minimize the interaction between speaker systems. How-
ever, this strategy will only succeed if the speakers are
positioned properly.

The speaker coverage can be verified by checking the
edges of the coverage pattern and comparing them to the
on-axis response at the primary position.

How to Verify Speaker Coverage

1. Place a measurement mic on-axis, measure the re-
sponse, store it, and recall it onto the screen.

2. Move the mic to the intended edge of the cover-
age pattern and measure, making sure to maintain
the same approximate distance from the speaker.
This can be verified by checking the propagation
delay time, which should be nearly the same.

3. The HF region of the second measurement should
be 6 dB down from the original on-axis measure-
ment. The HF region will roll off faster than the LF
due to increased directional control at high frequen-
cies and the lack of absorption of the lows. This is
particularly evident with highly directional systems.
Another key factor to consider is the S/N ratio. If
this has fallen dramatically between the on-axis and
off-axis positions, there may not be enough direct
sound to maintain intelligibility.

Off-axis (45° off the horizontal center). On-axis at the primary
mic position.

These measurements were made in a reverberant room. In this example the off-axis curve has been
raised 6 dB by a vertical scale offset. Therefore, when they appear equal on the screen the off-axis signal
is –6 dB. Notice that the S/N ratio is reduced in the off-axis area. This has proven to be a very effective
technique for checking coverage.

Trace position is boosted 6 dB.

Fig 5.5a Coverage verification.
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5.5 Speaker Repositioning

Alignment 5.5 Repositioning

Speaker positioning is more complex than simply read-
ing a data sheet or plotting data with a protractor or pre-
diction program. A single speaker may react predictably,
but arrays of speakers are complex.

Field examples are shown in Figs 5.5a to 5.5d.

Techniques for Improving Coverage

• Repositioning or angular change of an individual
speaker.

• Adjustment of the splay angle between cabinets
in arrays.

• Amplitude tapering of arrays (see Section 3.6).

• Addition of fill systems to supplement the edges.

The above data illustrates the need for coverage verification. In the original position the speaker was aimed too
far inward and a large number of seats fell outside of the coverage pattern. The speaker was the UM-1 which
has a very sharp 45° pattern above 2 kHz. Using a secondary mic position we found that the coverage pattern
ended six rows short of the aisle. Top screen: The speaker was repositioned so that the edge was at the last row.
The result of the repositioning is shown in the lower screen.

On-axis at the primary
mic position

Pattern edge is too early.
This position was in-
tended to be in the cover-
age area. There are six
more rows outside this
position.

The pattern edge is now
at the aisle. The two posi-
tions shown above are
now well matched for
uniform coverage in the
seating area.

Fig 5.5b Speaker repositioning field example.

Speaker repositioned

Original position

The coverage angle is . . .

• Too wide. If there is too much spill out of the intended
coverage area there will be excess interaction with the
room or with other speakers. There will be a loss of S/N
ratio due to increased noise (the interaction).

• Too narrow. If the speakers do not reach the required
edges of the pattern, there will be gaps in coverage. There
will be a loss in S/N ratio due to decreased signal (the
lack of direct sound).

• Optimized. If the speaker's coverage equals the re-
quired pattern edge the coverage will be complete and
the interaction minimized. The S/N ratio will be opti-
mized.

Once the coverage angle is measured we will come to
one of the following conclusions.
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Phase response of
balcony speakers.

Downward angle
indicates .2 ms late
arrival.

5.5 Speaker Repositioning

Alignment

The best estimate is made of the optimal position and angle before the rig goes up in the air, but unfortunately small
errors can create big problems. This becomes more critical as directional control increases. We recommend that
whenever possible, leave flexibility in the design of your systems for final angles and positions. The cost of flexibility
is usually well worth the reduction of planning time, stress and above all, excuses.

Balcony speakers
spilling into the Mez-
zanine area.

At balcony front

5.5 Repositioning

The balcony and mezzanine were covered by separate vertical rows of speakers. Horizontal coverage was fine on
both levels, but when the vertical was checked it was found that the balcony system spilled too much into the mezza-
nine. The measurement of the mezzanine shows that the level from the two systems are equal. It was intended that
they be well isolated.  The longer throw required of the upper system created a downlobe. Notice also that the phase
responses do not match (the balcony speakers are arriving late) creating the potential for cancellation. The solution
was to raise the upper system's vertical angle.

It was expected that the vertical coverage of this speaker would be too narrow to reach the top six rows of the bal-
cony. Measurements were made to check this before the client invested auxiliary delay speakers. The data clearly
shows  that the HF range is outside the coverage pattern and that the S/N ratio is compromised. The solution was to
add delays.

Mezzanine speakers
in the Mezzanine
area.

Phase response of
mezzanine speakers.

At balcony rear

Fig 5.5d Speaker position example.

Fig 5.5c Speaker position example.
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Gain structure adjustment can be used to compensate for
the different sensitivities required when systems are as-
signed to cover different areas.  By adjusting the relative
levels between systems the interaction between them can
be further minimized.

Gain structure adjustments will allow us to con-
trol two critical parameters:

• The relative levels of components in multi-way
systems. Each system may be designed with differ-
ing proportions of upper range, mid-bass and
subwoofer systems. Therefore, it is necessary to
evaluate the relative levels of these systems on a
case-by-case basis in order to achieve the proper ad-
dition of these systems through crossover.

• The relative level of subsytems. The relative level
of each subsystem is adjusted for maximum overall
uniformity and minimum interaction.

Measuring Sound Level

The most logical choice for measuring sound level— the
sound level meter—turns out to be so poorly suited as to
be almost useless. There are several reasons for this.

The sound level meter gives a single reading for the en-
tire frequency range of the amplitude response. The spec-
trum of the different systems to be calibrated can differ
dramatically. For example, a sidefill system may contain
no subwoofers, relying upon LF energy from the main ar-
ray. The sound pressure level meter (SPL) is not helpful
for setting the level of multi-way components since we
are primarily concerned with the level at the crossover
area, not their entire ranges. Most importantly, however,
is the SPL meter's inability to differentiate between direct
and reverberant sounds. In the far-field of a reverberant
hall the low frequency response will experience minimal
attenuation while the high frequencies will drop as per
the inverse square law. This causes even SPL readings
over large distances, even though the sound quality and
intelligibility have been destroyed in the far field. To set
levels of subsystems in a way that reflects our sonic expe-
rience, we must see the full-range frequency response of
the system over level. In addition, we must differentiate
between the early-and late-arriving signals. Both of these
aspects are incorporated in SIM System II.

Mix Console VU Meters

There is nothing more out-of-date in modern sound sys-
tems than volume unit meters (VU). We have state-of-
the-art electronics designs that continue to use the best
that the 1940s had to offer in signal monitoring. In the
current age, VU meters lead to ridiculous ideas about
gain structure and are a leading cause of excess noise in
sound systems.

There are three obvious limitations to VU meters:

• Response time is limited by the ballistics of the
meter.

• The usable range is limited to about 20 dB.

• The highest level shown is about 20 dB below the
actual overload point.

We've come a long way in fifty years. A high-hat
cymbal's transient response blows past a VU meter with-
out moving it. We now have systems that have 110 dB of
dynamic range.

In order to read a VU meter's response we must know
precisely the transient nature of the applied signal. If it is
an organ pipe at 100 Hz or a continuous sine tone the VU
reading may be quite accurate. Not so with a high rise-
time device like a snare drum. Then there is the fact that
there is over 20 dB of headroom above the +4 reading
that pins a typical VU meter. That organ tone can pin the
meter continuously and yet never clip. Meanwhile, the
snare is clipped if the meter occasionally moves up to –10
dB. This kind of inaccuracy can make mixers understand-
ably nervous about using the last 20 dB of system head-
room. Bring on the noise floor.  Having VU meters that
pin at +4  is like having a speedometer on your car that
only goes up to 40 mph (64 km per hour).

Fortunately, many of the modern meters have an addi-
tional "peak" LED that accurately indicates when clip-
ping actually occurs. This is the one to watch. Some
manufacturers have moved over to peak reading LED
bars that read up to the +24 region, providing a much
more accurate picture.

Alignment 5.6 Gain Structure

5.6 Gain Structure Adjustment
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First, the idea that setting your amplifier  levels to maxi-
mum gives more power is totally erroneous (see Section
1.4, Amplifiers). The second reason is a lousy excuse too.
It is like saying, "Lets set all the amps wrong so that we
don't have to worry about someone coming in and set-
ting the amps wrong."

Here is a simple example. You have two identical speak-
ers to cover the main seating area and sidefill, respec-
tively. The side area is half the depth of the main hall so
we can expect to run the sidefill system 6 dB down from
the mains. If we turn down the matrix out for the sidefill
we pick up more noise through every succeeding device,
only to amplify it at the same level as the mains. If we
run everything equal up to the amp or CEU we will have
less noise in the sidefill system with no loss in headroom.

If the system is set up so that the drive levels to the con-
trollers or amplifiers are matched, then all systems will
overload at the same time—you are either clipping or not
—and the noise floor is below the overload point by the
same amount for each.

The keys to gain structure management are:

• Get your gain as early as possible and keep it.

• Think of it like a freight train—not a roller coaster.

• Minimize gain requirements in the final stages
where noise amplification will be the greatest.

Where Should Level be Adjusted?

In the average audio system there are a myriad of points in
the signal chain where level can be adjusted. However,
there are distinct advantages to tapering the subsystem
levels near the end of the signal chain. The idea is simple.

For sub-systems that are driven with the same in-
put signal:

• The console output drives should be the same.

• The level should be adjusted post-EQ.

Advantages to post-EQ level adjustments:

• All pre-EQ components will overload at the same
point.

• All sub-systems will have maximum immunity
from noise.

Disadvantages to pre-EQ level adjustments:

• Some sub-systems may be clipping at the console
while others have huge amounts of headroom.

• The systems that are attenuated will be running
near the noise floor of the console, digital delay
line, and equalizer. This will result in higher noise
levels at the amplifier inputs.

• The lower level systems will have less immunity
from electro-motive interference (EMI) and radio
frequency interference (RFI) as it traverses the
house snake.

Have you ever been to a concert and walked from back to
front, noticing that the frontfill speakers are hissing like
crazy and yet the main system is quiet? How could it
happen that the noise could be managed for a speaker
throwing two hundred feet but not for the ones that only
throw twenty feet? This happens when the gain structure is
mismanaged so that the levels are reduced far upstream
and the gain is made up at the amplifiers. In a case like this
you will probably find a matrix output turned down 20 dB
and the amplifiers and controllers up full. It is extremely
common to find systems with all of the amplifiers up full.
The most common reasons given for this are "to get the most
power," or,  "so we can be sure that nobody has messed with
the settings."

5.6 Gain StructureAlignment

5.6 Gain Structure Adjustment
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The sonic image can appea
any point within this triang
depending on  relative tim
and level offset. 

Alignment 5.7 Delay Setting

5.7.1 Delay Setting: Introduction

Delay lines are now cheap and plentiful. They are an in-
valuable tool for designers, increasing speaker position
flexibility and allowing fine tuning of speaker interaction
to minimize combing, but only if they are set accurately. If
set poorly, they will maximize combing. Remember that
an error of just 1 ms decimates your response from 500
Hz and up. An error of 10 ms wrecks it from 50 Hz on
up. The necessity of accurate tools to set delay times can-
not be overstated.

Sonic Imaging

The sonic image location is governed by the arrival time
and relative level. Let's assume the intention is to create a
sonic image at the acoustic origin (the stage, actors, musi-
cians, etc.). Therefore, if the image appears elsewhere—
displaced either horizontally, vertically (or both)— we
can consider this to be image distortion. Our goal is to
minimize image distortion without creating other dam-
aging side effects (i.e., comb filtering). We are more sensi-
tive to horizontal image distortion than vertical due to
our binaural localization. This can be used to advantage
in practical applications.

The role of delay lines in our design is threefold:

1. To synchronize distributed speakers with the
main system. This reduces comb filtering by in-
creasing the direct-to-reverberant ratio in shad-
owed, off-axis or distant areas that cannot be cov-
ered by the main array.

2. To decrease the comb filtering in speaker arrays
by minimizing time offsets in the overlap zones.

3. To steer the sonic image toward the performer
and away from the speakers.

Fig 5.7a Vertical sonic image distortion.

In this example the image may appear as much as 30° above the
performer. The greater the angle, the harder it will be to create
realistic imaging. The image can be brought down if the
performer's voice carries well or if lower speakers are added.

30.0°

WARNING: It is a fairly common practice for
people to intentionally set incorrect delay times
in an attempt to prevent the image from ap-
pearing at the speaker. Often some 10 to 20 ms
of excess delay is added to create the "Haas Ef-
fect." This practice dramatically reduces the S/
N ration of the combined system and is not rec-
ommended. For more information, see my ar-
ticle "Haas Effect, Precedence Effect and Side
Effects (Mix Magazine, June 1996).

Fig 5.7b Sonic image triangle.

The sonic image can appear at any point on a
line between two sources, depending prima-
rily on first arrival, and on relative level. With
three sources, the image can be positioned
anywhere inside the triangle, giving us a
method of vertical and horizontal image con-
trol.
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5.7.2 Choosing a Reference Speaker

Alignment 5.7 Delay Setting

In complex systems there are many options available.
Which speaker is delayed to which? The choice of refer-
ence speaker (the source we will delay to) will affect the
sonic imaging of the system as well as the interaction be-
tween systems. In an ideal scenario it is possible to view
a distributed sound system as an exploded point source.
The selection of reference speaker can simply be traced
back to the center point. An example of such a system is
Roger Gans's design for Walt Disney's Holiday on Ice.

The "Fictitious Source"

To create a sonic image on stage it will be necessary to place
a sound source temporarily on the stage as a time reference.
Such a reference speaker is referred to as a “fictitious
source.”  It should be placed at a point on stage that
represents a typical upstage position for the actor. For
bands, use the drum riser or the back line (whichever is
louder), as the reference point.

Speaker systems in direct proximity to the stage—such as a
front fill or on the lower proscenium—should be synchro-
nized to the fictitious source.

1

Fictitious 
Source

2
3

4

5

6

Stalls (Orch)

Circle (Mezz)

Balcony

Frontfill Underbalcony Delays

Fig 5.7d Musical theatre design example.

Fig 5.7c Disney on Ice delay alignment.

Outer truss speakers are 
delayed to the inners

Musical theatre systems designed by Abe Jacob, Andrew Bruce, Tony Meola and others employ complex multi-tiered
systems. As you move upward, each level is synchronized to the one below. This minimizes interaction and keeps the
image down on the stage.

Location Speaker Delay Reference
1 Frontfill Fictitious Source
2 Stalls (Orch) Fictitious Source
3 Stalls Underbalcony Stalls (Orch)
4 Circle (Mezzanine) Stalls (Orch)
5 Circle Underbalcony Circle (Mezzanine)
6 Balcony Circle (Mezzanine)

Most systems do not have such
clear-cut delay strategies. Typi-
cally they resemble elongated
point sources in both the vertical
and horizontal axes with the vir-
tual point source far behind the
stage. In such cases, it is neces-
sary to carefully consider the or-
der in which systems are syn-
chronized, and which speaker
will become the reference source.
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5.7.2 Choosing a Reference Speaker

5.7 Delay SettingAlignment

The procedure for setting the delays has five
steps:

1. Place the mic in the primary position in the field
of the delay speaker.

2. Measure the delay speaker's propagation time to
the mic.

3. Select the reference speaker (as discussed
above).

4. Measure the reference speaker's propagation
time to the mic.

5. The difference between these two figures is then
added to the delay line.

Fig 5.7e Delayfinder data indicates that 56 ms of delay must be added to this system. This is seen
by the position of the impulse.

Fig 5.7f Delayfinder data indicates that the correct delay has now been added, thereby centering
the impulse response.

The actual procedures for setting the delays are simple
when accurate tools, such as SIM, are applied. Most im-
portantly, SIM actually measures whether or not the indi-
cated delay has actually been achieved by the system de-
lay. (Just because the front panel says 56 ms doesn't make
it so!)

As you move away from the stage it is important
to evaluate the choice of reference speaker by an-
swering the following questions:

• Where do you want the image to appear?

• What other speaker(s) have the most overlap into
the delay speaker's coverage area?

If the overlapping speaker is positioned in the di-
rection of the desired image, the decision is clear:
delay your speaker to the overlapping speaker, as
in the ice show design.

If the overlapping speaker is not positioned in the
direction of the desired image, you will have to
weigh the following: If you do not synchronize to
the overlapping speaker, and instead sync to a less
interactive source, you may be able to move the
image as desired, but at the cost of decimating your
frequency response by combing.
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Alignment 5.7 Delay Setting

5.7.3 Delay Tapering

The benefits of using delays in a distributed system are
obvious. However, delays can also be a key factor in
minimizing destructive interference between speakers in
close proximity, such as horizontally and vertically ar-
rayed point-source elements.

The amount of time delay applied here is small, usually 1
ms or less, but the benefits can be huge. Remember that 1
ms of time offset between two systems will decimate
your response above 500 Hz.

To best understand the concept of delay tapering
consider the three types of center points between
two identical speakers

• Geometric: The physical center between the
speakers. This can only be changed by moving
one or both speakers.

• Power: This is the point where the two speakers
are equal in level. This would be at the geometric
center unless one of the speakers is driven louder
than the other. As the level is offset, the power
center will move toward the speaker that is lower
in level.

• Temporal: This is the point where the two speak-
ers arrive at the same time. This would be at the
geometric center unless one of the speakers is de-
layed relative to the other. As the time offset in-
creases, the temporal center will move toward the
later speaker.

The technique is called "delay tapering" and will
provide substantial benefit if the following rela-
tionships exist between two speakers:

• They must have distinct coverage areas with
controlled overlap.

• They cover different distances (or they must be
run at different levels).

When multiple speakers are combined each listening po-
sition is different in terms of its distance from the speak-
ers and the axial orientation to them. These two factors
will have a large effect upon the frequency response since
it will determine the depth of comb filter interaction and
which frequencies will be boosted and cut.

The frequency response relationship between the speak-
ers is a function of the listener’s axial orientation to the
two speakers. (The speaker that is more on-axis will have
more HF energy.)

These effects can be controlled to some extent by adjust-
ing the speaker position and relative level, both previ-
ously discussed . In addition, they can be controlled by
precise adjustments of delay lines to synchronize the
speakers at the point where comb filtering is the most ex-
treme.

In practice, the physical center is irrelevant in regard to
interaction. The nature of the acoustical combination of
the speakers is entirely a product of the power and tem-
poral centers. The best acoustical addition and the maxi-
mum response uniformity will occur if the power and
temporal centers are matched.

Observe the two identical speakers shown in Fig. 5.7g.
The geometric center line is both the point of equal
acoustical energy and time arrival. Therefore the systems
will have maximum addition at this point. Points to the
left and right of the center will exhibit comb filtering as
you approach one or the other speaker. As you move fur-
ther to the sides the comb filtering will be reduced due to
axial attenuation in the more distant speaker.

In circumstances where there are asymmetrical coverage
requirements, however, it may be advisable to attenuate
the speakers with a shorter throw. This is shown in Fig.
5.7h. Notice that the point of equal acoustical energy and
time arrival have become separated due to the decreased
energy of the right speaker. The marked position repre-
sents the equal power point. This position will have sub-
stantial combing due to being offset in time while equal
in level (see Section 2).
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5.7.3 Delay Tapering

Alignment 5.7 Delay Setting

Geometric Power
 Time

A B

0 ms0 dB

- 1 ms- 3 dB

A B

Geometric
Time
Power

0 ms0 dB

0 ms0 dB

Fig 5.7g Delay tapering—All centers are together.

Identical speakers at same level and delay. The geomet-
ric, power and temporal centers are all the same. The in-
teraction will gradually decrease as you move off center.

Fig 5.7i Delay tapering—Time center moved to power
center.

Speaker "B" has been delayed so that the power and tem-
poral centers have now come together again. The interac-
tion will be minimized at the power center due to the
synchronous  arrival of the speakers.

Fig 5.7i shows the effect of delaying the previously at-
tenuated speaker "B." Delaying the speaker moves the
time synchronous position in line with the equal energy.
This will eliminate the combing.

You might ask, won’t the center point of the system now
comb? Yes, it will. But remember that the right speaker
has been attenuated, so the depth of the combing is re-
duced. Once you have introduced multiple sources you
will never be able to eliminate all comb filtering, how-
ever, you can reduce it substantially by targeting areas
where the sources are equal in level, as above.

When is Delay Tapering Most Useful?
When the throw distance requirements of two coupled
speakers are substantially different. For example, in a
horizontal array where the distance to the center is long
but the distance to the side is short.

Vertical Delay Tapering
Delay Tapering is also useful for aligning systems verti-
cally, as in the case of downfill arrays. This is the most
typical form of delay tapering because most vertical cov-
erage requirements are grossly asymmetrical, i.e., the up-
per speakers must throw much farther than the lower
ones.

1 3

A B

Geometric
Time

0 ms0 dB

0 ms- 3 dB

Power

Fig 5.7h Delay tapering—Power center has moved.

The level of speaker "B" has been reduced for some rea-
son (it has a shorter throw). The geometric and temporal
centers remain in the center but the point of equal power
moves toward the quieter speaker. There will be comb
filtering at the power center due to the late arrival of
speaker "A" into the area.

2
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This is the standard equalization motto:

“S/He who EQ least, EQ best.”

“The best EQ is no EQ.”

(But make sure there are plenty of them at the gig.)

5.8.1 Introduction

5.8 EqualizationAlignment

Complementary equalization is the last of the available
options. While equalization can be very effective it is
critical that it only be employed when it is the proper
tool. Attempting to equalize for the effects of bad speaker
positioning, misaligned delay lines, or interactions due to
poor gain structure will inevitably be disappointing.

The emotional charge around equalization makes it stand
out among the techniques for system alignment.

Rule number 1 is that everyone is an expert.

Rule number 2 is that everyone has an opinion on the
choice of EQ settings. You’ll get the advice of everyone
from the sound crew, the lighting designer and the audi-
ence.

Rule number 3 is that everyone is against it. You’ll hear
statements like, “The speakers sounded great but I had
equalized it,” the message being that needing to EQ it
somehow diminishes the end result. Equalization has
many slogans and folklore.

On Stage

• The microphone frequency response adds its
signature.

• The proximity of the mic to the instrument af-
fects the LF response of the mic (cardioid mics).

• Local reflections near the mic will cause comb-
ing.

• Stage monitors can potentially produce deep
broadband combing if the monitors are too
loud. (This is rare, of course.)

At the Mixer

• Summation of multiple sources at the mixer of a
single instrument can cause combing, e.g., leak-
age of a guitar speaker into multiple mics.

In the House

• The speaker system frequency response.

•  Multiple speaker interaction causes coupling
and (potentially) combing.

• Speaker room interaction does the same.Since equalizers are held in such low regard, you might
think that you would find a lot of systems without them.
Not likely. These slogans speak to the fact that equaliza-
tion is a solution with a limited range. Too often equal-
ization is embraced as the cure before the system is veri-
fied and without regard for the other techniques for
alignment. This leads to disaster.

It is critical to discern between these factors if we are to
restore the original response through equalization. The
key is that a clear line must be drawn between channel
equalization and speaker system equalization. The result-
ing response of each mic is radically different when you
add the above factors together. The equalization for one
channel will not likely be valid for the next. For direct in-
put channels factors, the stage factors are nonexistent.

The reason we need EQ is that our frequency response is
heavily modified between the original source and our
ears. Let’s follow the frequency response of an instru-
ment as it makes the journey from the stage to our ears.
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5.8.1 Introduction

5.8 EqualizationAlignment

The key to creating an equalizable system is:

• Choose mics with a linear frequency response.

• Minimize leakage on stage by isolating mics
and minimizing (or eliminating) stage monitors.
If monitors are to used, they should be highly
directional and kept as low in level as possible.
(Good luck.)

• Minimize leakage by gating mics where pos-
sible.

• Minimize multiple speaker interaction as de-
tailed in the previous sections.

• Minimize speaker/room interaction as detailed
in the previous sections.

Complementary equalization, as the name implies, is a
technique for setting the equalizer to create a comple-
ment in both amplitude and phase for the complex acousti-
cal response of the room+speaker system.  Since the ef-
fects are highly complex and can manifest themselves
with variations in center frequency, bandwidth, and
magnitude, it is necessary to use an equalizer that is ca-
pable of controlling all of these parameters indepen-
dently. The Meyer Sound CP-10 Complementary Phase
Parametric Equalizer was specifically designed for this
task.

The equalizer response can be measured directly as
shown in Fig 5.8a. This is of great importance since the
front panel displays of equalizers can be misleading. This
is particularly true for graphic equalizers, which do not
factor in the interaction between bands. An example of
this is shown in Section 1.6.

Recent innovations in equalizers have given rise to mod-
els that have computer generated representations of the
frequency response, and, to varying extents, factor in the
band interaction. While these are much more accurate
than conventional equalizers, note that all of these units
base their display on the selected equalization parameters,
which, unfortunately may not be the actual response. This
has been observed far too often by various SIM engi-
neers. The best technique is to measure the equalizer directly.
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Fig 5.8a shows the connections for the three
transfer functions involved in complemen-
tary equalization.

Measuring the Room+Speaker Response
The source feeds the equalizer, the output
of which is connected to the room+speaker
system.

The EQ output signal is delayed and used
as the reference against the microphone re-
sponse. The analyzer displays the difference
between these two signals, which is the fre-
quency response of the room+speaker sys-
tem.

Measuring the Equalizer Response
The EQ input signal is compared to its out-
put. The equalizer has been adjusted to pro-
duce a dip corresponding to the peak in the
loudspeaker system.

Notice that the analyzer can display an in-
verse transfer function, causing the
equalizer’s response dip to appear as a
peak (1/EQ). This greatly facilitates the sys-
tem correction procedure: all the operator
needs to do is to set the system equalizers
so that the 1/EQ display duplicates the ma-
jor characteristics of the room+speaker dis-
play. A precise complement of the loud-
speaker/room characteristic is thereby gen-
erated.

To see the effect of the equalization, mea-
surements of the result are used.

Measuring the Result Response
The EQ input is compared to the micro-
phone. The corrective effect of the equaliza-
tion is shown in the frequency response dis-
play.

In practice, all three of the responses (room,
EQ and result) are measured and displayed
simultaneously as shown in Figs 5.8c to

5.8 EqualizationAlignment

5.8.2 Room/EQ/Result Measurements (SIM®)

Fig 5.8a Room/EQ/Result Flow Block.

Drawing by Jamie Anderson
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Room+ Speaker

EQ

Result

Fig 5.8b  Group view of the three SIM transfer functions. The equalizer response is adjusted until it has created an
inverse of the room+speaker response. This creates a flat response in the result.

Fig 5.8c Group view of the three SIM transfer functions with the 1/EQ response. The process of creating a comple-
mentary response is aided by the visual inversion of the EQ trace. This allows you to simply match the equalizer

response to the room+speaker response. This creates a flat response in the result.

1/EQ

Room+ Speaker

Result

Alignment 5.8 Equalization

5.8.2 Room/EQ/Result Measurements (SIM®)
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5.8.3 Field Example

5.8 EqualizationAlignment

The data on this page shows the same sound system equalized by two different methods.

Fig 5.8d. The data here is of a poorly equalized sound system. The system was equalized primarily to suppress
feedback of a podium mic. This was one of six subsystems, all of which had similarly set equalizers. The podium
mic was not the only signal passing through this system. All other signals (such as the CD we listened to) sounded
awful. The podium mic should have been equalized separately. When viewing the data notice that the inverse EQ
does not at all correspond to the room+speaker response. The result response was worse than the original
room+speaker response.

Fig 5.8e. This is the same system when equalized with SIM. The system response was greatly improved by equal-
izing the interaction of the speaker with the room and with each other, separate from the microphone.

Room +  Speaker1/EQ

Result

Room+ Speaker1/EQ

Result
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5.8.4 Strategy

5.8 EqualizationAlignment

If you want to “EQ least,” as in our previous slogan, here
is how to do it: Clearly separate the equalization of the
mics and speakers.

The most common system alignment mistake is to align
the speaker system response to a single performer's mic.
This is most often either the kick drum or main vocal
mic. The result is a system grossly out of frequency bal-
ance for all the other instruments, which must then en-
dure radical channel equalization to get back to normal.
System headroom is lost and channel EQ may not be suf-
ficient to restore some channels.

The initial equalization of the speaker system can be per-
formed objectively and accurately using SIM System II.
The process is simply to overlay the 1/EQ trace onto the
unequalized response in the room until a complement is
created. It’s that simple. The complexity increases when
the measurement mic is moved and ambiguous readings
are seen.

The key to speaker system EQ is don’t overdo it. If you
have been careful to use the previous techniques—such
as precise speaker positioning, delay and amplitude ta-
pering, and system subdivision—there should not be too
much left for the equalizer to do.

Your goal is to set the table for the mixer so that minimal
EQ is required on each of the 100 or so channels in a
modern mix situation. The best tactic is to knock out the
largest problems with a few carefully placed filters and
let them mix!

The strategy for equalization is to first deal with
the speakers:

Step 1: Equalize the speaker system first. This sys-
tem is to be aligned flat (or with some LF buildup
as discussed on the next page). The speaker system
is aligned without regard for the response of the
mics. The system should sound normal for CDs or
other direct input signals.

Now add the more complex acoustic input signals
(mics).

Step 2: Equalize the individual mic channels (chan-
nel EQ or outboard).

Step 3: Add the stage monitors and adjust the
channel EQs as required.

Step 4: Open up multiple mics and fine adjust the
channel EQs.

Now both line and mic input channels will sound normal
through the system.

Fig 5.8f Complementary equalization example.
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What does "flat" mean? Does it mean that the EQ is set
flat, as in, “I turned the system on and it sounded great
flat.” Or is it “I equalized the system response and it
sounded great flat.” From our point of view the former is
“unequalized” and the latter is “flat.”

Now let’s try it again: What does flat mean for a speaker
system in an arena? It depends on how it’s measured.

As measured by a real-time analyzer (RTA), "flat" would
mean the system has no low end and brittle highs. This is
due to the RTA’s inability to differentiate between direct
and reverberant sound, (see section 1.9). This is why
most mix engineers cringe at the prospect of their system
being flat.

As measured by an analyzer that attempts to simulate the
speaker's anechoic response, the low end could be any-
thing, since these systems tend to ignore the LF response.
This is because these analyzers are usually run with short

time records in order to see only the direct sound, remov-
ing early reflections and all of the LF coupling from the
measurement.

As measured by SIM, "flat" would mean that the system
sounds natural, with the room and speaker interactive ef-
fects reduced to a minimum. The SIM frequency re-
sponse measurement shows the response as we hear it:
an integration of the direct and early reverberant signal.

The whole flat discussion is virtually a non-issue. The
frequency response can be viewed as three parts: the re-
sponse below 100 Hz, the midrange, and above 8 kHz.
Each section should be flat with the  expected rolloff at
the extremes. Many engineers like a rise in the LF below
100 Hz. Give them what they want by raising the level in
that area, but keep the region as a whole flat. The VHF
can be trimmed to taste with a simple shelving filter.

Here is a classic case of the "What is flat?" discussion. From the client's point of view the system is down 4 dB at 50
Hz. He is very concerned that I not take any more out of the low end or it will sound thin. His perception of the
system's response is based on the panel settings of the graphic equalizer, which was set with a 4 dB cut at 50 Hz, inde-
pendent of what his ears were telling him. From the viewpoint of the measured response, the system's 22 dB peak at
50 Hz (relative to 200 Hz) has been reduced to a mere 18 dB peak. The huge LF peak was due to setting the drive to
the subwoofers 20 dB above the other speakers in this competitor-manufactured system. The 18 dB boost was left in
and, I can assure you, the system did not sound thin.

Fig 5.8g Is this system flat?

EQ (not inverted)

Room + Speaker

Result
Note: The result trace appears high
because the EQ had excess gain.

5.8.5 Should the System be Set Flat?

Alignment 5.8 Equalization
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5.9.1 Alignment Procedures: Introduction

Alignment 5.9 Procedures

Introduction

Because of the complexity of analyzing even a simple
sound reinforcement system it is necessary to break the
process into steps.  These steps will serve primarily to
differentiate the effects of the acoustical factors, such as
interaction and reflections, and our techniques for opti-
mization. For example, it would be reckless to begin with
multiple speaker system interaction before looking first
at the individual subsystems.

Single system analysis of the upper system.

The upper system is measured in its intended coverage
area. Level and equalization adjustments are made as re-
quired.

Single system analysis of the lower system.

The lower system is measured in its intended coverage
area. Level is adjusted so that the lower system provides
the same acoustic level downstairs as the upper system
does in the balcony. Complementary equalization is ap-
plied as required. Although not shown, the same is done
for the underbalcony delay system.

Lobe study analysis of the downlobe from the upper
system.

The downlobe from the upper system is analyzed down-
stairs and compared to the single system response. Lobe
study analysis will illustrate the amount of isolation and
time offset between the signals from the upper and lower
systems. If a delay line is available, the lower system
should be delayed to align it to the upper system
downlobe.

Lobe study analysis of the uplobe from the lower system.

The uplobe from the lower system is analyzed in the bal-
cony and compared to the single system response. Lobe
study analysis will illustrate the amount of isolation and
the time offset  between the signals from the upper and
lower systems. The isolation should be much greater
since the lower system has a shorter throw and therefore
should be driven at a lower level.
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Lobe study analysis of the main cluster into the
underbalcony area.

A lobe study is made below the balcony to determine the
nature of the response of the main cluster under the bal-
cony. This will determine the delay time and how much
S/N ratio improvement can be achieved by the
underbalcony speakers.

5.9.1 Alignment Procedures: Introduction

Alignment 5.9 Procedures

Combined system analysis of the upper and lower sys-
tems.

The combined response is measured at both locations
and each compared to its respective single system re-
sponses. EQ and level adjustments are applied as re-
quired to restore the combined response to match the
single system response.

External delay alignment of the underbalcony.

The relative time arrivals are measured and the
underbalcony delay adjusted as required.

Combined system analysis of all systems.

The combined response can be viewed at all locations
and checked for uniformity of response and S/N ratio.
Level and EQ adjustments can be made until an optimum
balance is achieved.

The above procedures allowed us to break
apart the three principle mechanisms:

• Speaker/room interaction (single system pro-
cedures).

• Speaker/speaker interaction (lobe study and
combined system procedures).

• Dynamic conditions (show procedure).

9

Analysis of the combined system with the audience
present.

The final step is to prepare for the performance. If the
present microphone positions are unacceptable, new
ones must be found. Data is then accumulated for each
position to create a complete record of the empty hall re-
sponse.  During the performance the live data can be
compared to the empty hall data and adjusted as neces-
sary.
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Alignment 5.9 Procedures

1

The following data is a field example of the basic single system/lobe study/combined cycle. This was a case of
underbalcony delays combined with a main system.

Fig 5.9a Single system analysis of the underbalcony system.

The underbalcony system is measured in its intended coverage area. Level and equalization adjustments are
made as required. Notice that the S/N ratio values are generally high, indicating good intelligibility.

Result

1/EQ Room + Speaker
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5.9.1 Alignment Procedures: Introduction

Alignment 5.9 Procedures

2

3

Fig 5.9b Lobe study analysis of the signal from the main system.

The energy from the main system is analyzed under the balcony and compared to the single system response.
The lobe study analysis indicates that the main system has very poor S/N ratio under the balcony and very un-
even frequency response compared to the underbalcony speakers in the same area. The underbalcony delay sys-
tem will be capable of improving both of these parameters when combined with the mains.

Fig 5.9c Combined system analysis of the main and delay systems.

The combined response is measured under the balcony and compared to the original single system response.
EQ and level adjustments are applied as required to achieve improved S/N ratio and linearity.

Single System
(underbalcony)

Lobe Study (from
mains)

Single System
(underbalcony)

Lobe Study
(from mains)
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Alignment 5.9 Procedures

The alignment procedure is best described by using a
representative sample. The following sample describes
the alignment of the orchestra level vocal system of a
typical West End or Broadway musical theatre sound de-
sign.

The system is monaural with separate inner and outer
mains, frontfills and underbalcony delays.

Stalls Inner

Stalls Outer

Front Fills

Underbalcony delays

Balcony starts here

Stage

Stalls Inner

Stalls Outer

The "frontfill" system is a split-parallel array of
small UPM-1s inset into the stage lip. These will
cover the first three to four rows and help to keep
the sonic image centered.

The "stalls inner" system is a point-destination
infill system designed to cover the center of the or-
chestra area.

The "stalls outer" system is a wide split-parallel ar-
ray that will cover the majority of the orchestral
seating area.

The "underbalcony" system is a wide split-paral-
lel/split-point source array that will cover the last
four to six rows under the balcony.

Fig 5.9d
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DelayConsole EQ CEU & AMP & Speaker

UPA-2C

M-1A
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T 1 Amp
UPA-2C
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Delay 1C

Main
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Delay 1B M-1A
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Cons #3

SIM System Snake

SIM EQ Snake

Amp #2

Amp #3

Amp #4

DelayConsole CEU & AMP & Speaker

UPA-2C

M-1A

Front 
Fill

T 1 Amp
UPA-2C

T 1 Amp

Delay 1C

Main
Out

Delay 1B M-1A
T 1 Amp
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Fig 5.9e
The original flow block diagram from the mixer to the speakers is shown above in fig 5.9e. Below (see fig 5.9f) is the

flow block after SIM System II has been interfaced into the system. Each of the EQ inputs and outputs are routed
through the SIM 2403 interface network and returned.

Fig 5.9f



© Meyer Sound 1998 243

Meyer Sound Design Reference

5.9.2 Single Systems

Alignment 5.9 Procedures

Step 1: The stalls outer system is measured alone as a
single system. The primary mic is positioned at one-half
the depth of coverage, on-axis. Two secondary mics are
placed in alternate positions. Because the system is a
split- parallel array only one of the speakers is used for
the initial alignment. Coverage verification, level setting
and EQ can be done at this time.

Step 2: The stalls inner system is measured similarly to
the outer, above. The level of the inner system is set so
that the inner and outer systems are matched at their re-
spective primary positions. This will create equal average
levels across the orchestra.

Step 3: The frontfill system is measured alone. Coverage
is verified and the level and EQ are set. The primary mic
is placed on axis to one of the speakers. While it can be
helpful to measure with just a single speaker on (as
above) it is usually not practical due to the speakers be-
ing recessed in the stage.

Step 4: The underbalcony fills area measured alone
where the level and EQ are set. The same practical con-
siderations prevail as in the frontfills, above.

Store all of the above frequency-response data. The single
system alignment phase is complete.

Primary mic
position

Secondary mic
position

Secondary mic
position

Primary mic
position

Secondary mic
position



Meyer Sound Design Reference

244 © Meyer Sound 1998

 5.9.3 Setting Delays

Alignment 5.9 Procedures

The next step involves setting the system delays. For each
of the four systems, a reference must be chosen so that
the subsystems will combine optimally and the sonic im-
age appears at the stage.

1

2

3

4

Step 1: Set frontfill delay
time. Use a fictitious source
as a reference to keep the im-
age on the stage.

Step 2: Set stalls outer delay time. Use
a fictitious source as a reference so
that the image moves onto the stage.

Step 3: Set stalls inner delay time. It
is not possible to synchronize both
the inner and outer systems to the
fictitious source in their respective
primary positions. The difference in
delay times would be 10 to 20 ms.
(the inner gives a much shorter
time). This difference is much too
great for speakers in direct proxim-
ity and would cause large-scale
comb filtering. Since only one of the
systems can synchronize to the fic-
titious source, the outer should be
chosen. This is because the imaging
will be best if the outer is synchro-
nized and the inner is later than the
sound from the stage.

Use the delay tapering technique to
synchronize the stalls inner to lobe
from the stalls outer. This will pro-
vide maximum coverage uniformity.

Step 4: Set the underbalcony delay
time. Use the stalls outer system as
reference for the under balcony speak-
ers. The actors will not project to the
rear of the hall, therefore the fictitious
source is not applicable.
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5.9.4 Lobe Study and Combined Systems

Lobe Study Analysis

We can make informed decisions in this regard if we can
isolate each system's contribution into the interactive area.
We already have the single system response which gives us
the response of the speaker in its intended coverage area.
The response of the neighboring system into this area is
termed in SIM jargon a "lobe study," since we are examin-
ing what should be the off-axis area of the neighboring
speaker. The lobe study data can be compared to the single
system data and analyzed over frequency. The relative
time (phase) and level offset (amplitude) and their relative
S/N ratio are then revealed.

Lobe study analysis can provide interesting (and some-
times surprising) information.

• The degree of isolation between systems is often much
less than expected. It can actually be a negative number, es-
pecially at low frequencies. In other words, the interference
from neighboring speakers can may be stronger than the
signal from the system intended to cover in that area.

• If there is insufficient isolation between the systems it
may be necessary to reevaluate speaker position, delay or
relative level.

• Comparing the amplitude and phase responses of the
single system and lobe study data provides a preview of
the frequencies where additions and cancellations will oc-
cur and their extent.

The greater the time offset the more difference there will be
in the phase response. The frequency range of high interac-
tion extends lower and lower as offset increases. Areas
where the phase responses converge will have maximum
addition, while those areas that are 180° apart will exhibit
maximum cancellation.

The extent (size of the peaks and dips) of the interaction
will be heavy in areas with less than 3 dB of isolation. The
interaction will be light in areas with greater than 6 dB of
isolation and negligible, in terms of alignment decisions, if
greater than 10 dB.

• The S/N ratio reading provides further key information. The
lobe study data might reveal, for example, that under the bal-
cony there is comparable level from the mains (usually too
much in the low end) but poor S/N ratio, compared to that of
the single system data from the nearby underbalcony speakers.
This is not surprising, since improved S/N ratio is the princi-
pal reason for installing underbalcony speakers.

The single system procedures provided a view of each
speaker system's interaction with the room, or in the case
of an array, with its own speakers as well. This is a best-
case scenario for these systems with no interference from
other systems. To complete the alignment we must com-
bine this subsystem and the others with a simple clear
goal in mind: To make the combined system response in
each area as close as possible to its original single system
response.

In other words: Keep the damage to a minimum.

Recall the discussion of speaker interaction in Section 2.
This is the essence of combining systems. The key factors
are the relative time and level offset between systems.

Combining systems will be a positive experience if:

• The subsystems are close in time where they are
close in level.

• The subsystems are well isolated when they are not
close in time.

Combining systems will be a negative experience if:

• The subsystems are not close in time when they are
close in level.

How can we ensure the positive? The key is a study of
the relative amplitude and phase responses over fre-
quency in the interactive area.

Remember that "close in time" is measured in degrees of
phase, not milliseconds. A time offset of 2 ms is very
close for 50 Hz (36°) but miles away for 5 kHz (3600°).
Remember also, that "close in level" is not measured on a
full-range SPL meter. The relative levels between the sys-
tems changes radically over frequency due to the axial
characteristics of the speakers.

In the best-case-real-world scenario, the elements of a
combined system will be:

• Close in time and level in the low frequencies,
which produces efficient power addition over a
wide area.

• Well isolated in the high frequencies, since it is vir-
tually impossible to keep the time offsets mini-
mized over a wide area.
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A comparison of the S/N ratio of the single system and
lobe study data will preview the extent to which your
underbalcony speakers will improve (or degrade) the re-
sponse. Most underbalcony speaker designs are "split-
parallel" or "split point-source" array types, (see Section
2.2). Such arrays are effective when the overlaps are
minimized. However, if the depth of coverage is too
deep, they become highly interactive. In such cases the
S/N ratio of the lobe study (usually from a point-source
array) may be much higher than that of the highly inter-
active underbalcony speakers. In other words: The
speaker-to-speaker interaction of the underbalcony
speakers may be more destructive than the speaker to
room interaction of the distant main system. In such
cases, adding the underbalcony speakers can only make
things worse and, therefore, must be repositioned deeper
into the room or turned off. This actually does occur and
it can make for a very interesting political situation.

Alignment 5.9 Procedures

5.9.4 Lobe Study and Combined Systems

Low-frequency leakage from a neighboring system can
dominate the response in the local area. It is important to
know the source of this low-frequency energy since at-
tempts to remove it by turning the knobs of the local
system's equalizer would be futile and potentially de-
structive. The actual solutions for this leakage are actions
taken with the neighboring system's position, level,
equalization or architecture. It is often better to know
what you have and live with it, rather than making the
situation worse with ineffective changes to your system.

Lobe study analysis sets the stage for the next step: com-
bining the systems and allowing you to know what is
about to happen.

There is an old saying: "If it's not broke, don't fix it."You
can add to that one: "If you can't fix it, don't break it."

Lobe Study analysis tells you what you can and cannot
fix.
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The data we have previously obtained gives us a very
good impression of what will happen when the systems
are added together.  The combined system response is a
summation of the single system and lobe study re-
sponses. The response has three basic variations:

1. Areas where the local system is well isolated from the
neighboring system will have minimal changes from the
single system response. This can be verified by comparing
the combined systems data to the stored single system
data for each system. This is the best-case scenario and is
very achievable in the midrange and above where
speaker directional control is at is best. Since this was the
original goal, your work is done.

2. Areas where the local system is dominated by the
neighboring system will have minimal changes from the
lobe study response. This can be verified by comparing the
combined systems data to the stored lobe study data for
each system. This is typical in the low-mids and below
for fill systems (side, down, front, underbalcony, etc.)
that supplement a large main system. The solutions for
this type of combination are relatively few. Presumably
the LF response for the main system is set for the desired
response in its local area. If the LF in the mains is re-
duced to accommodate the fill systems it will upset the
spectral balance out front and will not help the fills any-
way. Why? Because the problem here is the difference be-
tween the LF response in the main area and the fill. Re-
ducing it in the mains will not change this. The real solu-
tion is to find a way to make the LF response of the
mains more directional.

The most often touted solution is to reduce the LF re-
sponse in the fill system with a low-cut filter. If the LF re-
sponse fill system is already more than 6 dB below the
mains, you can reduce it another 20 dB and see almost no
effect on the combined response. The only real effect this
practice has is to reduce the system's combined maxi-
mum power capability and to create the unnatural expe-
rience of being able to localize reverberant displaced
low-end separated from the mids and highs. To experi-
ence this yourself visit your local arena with its 1950s-era
(but still installed) flying junk yard of distributed horns.

Another idea would be to raise the level of the fill system
so that its mid-and high-frequency areas rise up to the
leakage from the mains. This will indeed linearize the re-
sponse, but the side effects include excess level in the fill
area and the possibility of leakage back in to the mains

5.9.5 Combining Systems

area. Which do you like better, the LF range too loud or
everything too loud? Keep things in perspective. If im-
provements in the fill areas damage the main seating
area, it is not worth the risk. Damage assessment to the
mains can be checked by comparing the main's single
system response to its combined system response.

If the fill system is dominated by the mains and the
mains cannot be changed, it is usually best to leave it
alone and move on to matters that can be fixed.

3. Areas where the systems are close in level will take on
a new frequency response not found in either the single
system or the lobe study alone. The response is the com-
plex product of the amplitude and phase summation of
the two systems. It will couple and comb depending on
the time and level offsets between the system (see Section
2 for a complete discussion of this). This is where the
complex decisions are made.

The solution tools are still the same: architectural, posi-
tion, delay, level, and EQ.

Let's assume that the architectural and position options
are already exhausted.

Delay Tapering

The phase relationship between the systems can be fine-
tuned by the delay tapering technique (described in Sec-
tion 5.7.3), which uses small amounts of delay to mini-
mize speaker interaction. Delay tapering is particularly
effective in situations such as downfills and sidefills
where the audience is slightly closer to the fills but
within the leakage area of the mains.

Level Tapering

In the single system procedure we adjusted the speaker
system levels to achieve maximum uniformity of sound
level at the primary mic positions. This level set the drive
level necessary to achieve maximum uniformity if the sys-
tems have no interaction. This starting level is the highest
level. When we add the subsystems together we should
expect only to turn some of the systems down, due to in-
teraction. Remember that if it doesn't get louder when we
add systems together, you had better check polarity.  The
addition of speakers together may allow us to reduce the
drive level of a fill system due to the overlapping energy
from the mains. Such a level reduction of the fill system

5.9 ProceduresAlignment
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5.9.5 Combining Systems
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can be an effective means of reducing interaction while
maintaining a consistent combined level. Bear in mind
that a 3 dB reduction in the fill system level will not re-
duce the combined response by the full 3 dB because it
only reduces one of the systems coupled into the listen-
ing area. Further  reductions of the fill system will have
even less effect, and the combined response will begin to
resemble the lobe study more than the desired single sys-
tem. If the systems were set for equal level contours to
begin with, level tapering is effective to about –4 dB after
which the S/N ratio and HF response of the combined
response will likely degrade.

Equalization

Equalization can be most effective in cases where a com-
bined response change manifests itself in both systems si-
multaneously. This typically occurs when similar sys-
tems are throwing comparable distances, such as
proscenium upper and lower systems throwing to or-
chestra rear and mezzanine seating areas. This is easy to
spot. Check both combined responses against their re-
spective single system responses. If they both have the
same change, select a filter on both systems that will
bring it down. The CP-10 Lo-Cut function has proven
very effective for this.

When systems are close in level it becomes very impor-
tant to check for changes in the combined response of
both systems. A fix for one area has to be checked to en-
sure that it will not damage the other.

If a peak shows up in one of the combined responses but
not the other, caution must be exercised. Equalization
will have only minimal effect since the equalizer only af-
fects one of the sources of the interaction. Equalization of
the combined response is similar to the level tapering de-
scribed above, except that it refers to tapering the level in
a specific frequency range. It also is effective to around –4
dB from its original single system setting.

Additional Combinations

The two systems can now be considered as one. Each ad-
ditional speaker system is added together until a com-
posite response of all the speaker systems is formed. Each
combination goes through the cycle of lobe study and
combined system measurements and adjustments. As
each system is added, its effect is charted against the pre-
vious set of measurements, allowing us to single out the
effect of each additional speaker system.

The order in which systems are combined requires care-
ful consideration.

• Start with the most dominant speaker system. This is
the system that has the longest throw and therefore will
run at the highest sensitivity.

• If there are multiple systems with similar sensitivities,
choose the one that most closely resembles the point
where you would prefer to place the sonic image.  This
typically means the stage.

• Once the "main" speaker system is chosen, the speaker
that will have the most interaction with the mains should
be combined with it.  This usually refers to the speakers
that are closest in proximity.

•These are now joined together as a system and should
always be driven together for all subsequent additions.

• If there are other sets of speakers that are closely paired
it may be best to combine them as a pair before adding
them to the main set, for example, a system that contains
inner and outer systems on the floor and in the balcony.
Each in/out pairs should each be combined  before the
upper and lower systems are combined.

Important Note:  The combined system
procedure refers to systems that are
driven with the same input signal.  Such
systems exhibit position-fixed interaction
patterns that can be accurately mea-
sured, and to some extent, controlled.
Systems that contain different drive sig-
nals will exhibit a constantly changing
interaction due to the uncorrelated spec-
tra being sent by the systems. Effects
speakers are an extreme case of this and
should not be considered part of a com-
bined system with, for example, a vocal
system. Stereo is a special case since it
typically involves material that is semi-
correlated due to items that are panned
to the center. The primary concern in
combining stereo systems is verification
of polarity—the systems must add, not
cancel. Attempts to equalize for the com-
bined effects will aid the center signals to
the detriment of the discrete signals.
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5.9.5 Combining Systems

5.9 ProceduresAlignment

Step 1: Measure a lobe
study of the energy spilling
from the outer (main) sys-
tem into the inner (fill) sys-
tem. Compare this to the
inner's stored single system
data from these locations.
The overlap will be large
since the outers have to
throw much further.

Step 2: Measure a lobe
study of the energy spill-
ing from the inner (fill)
system into the outer
(mains). Compare this to
the outer's stored single
system data from these
locations. The overlap
should be small since the
inners have a short
throw.

Step 3: Measure the
combined responses of
the inner and outer sys-
tems at each location
and compare to the
single system and lobe
study data to aid deci-
sion making as de-
scribed in the text.

Step 4: Measure a lobe study of the energy spilling from
these systems under the balcony. Compare this to the
underbalcony system's stored single system data from
these locations. Monitor closely the signal-to-noise ratio
under the balcony and optimize.

Step 5: Measure the
combined response of
the inner, outer and
underbalcony systems
and compare to single
system and lobe study
data to aid decision
making as described in
the text.

1 3

2 5

4
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5.10 ExampleAlignment

5.10.1 Example System Alignment: Introduction

The following chapter illustrates a case study of an
alignment performed in 1994. This was chosen as a rep-
resentative system of medium complexity, and an align-
ment where clear examples of the process abound. The
venue was a church that seats approximately 3,000
people. The system consists of ten UPA-1As divided into
four subsystems.

These are shown in the plan view below (Fig 5.10a).

The system had been installed several years earlier. In
1994 it was felt that improvements would need to be
made, but it was unclear whether the system needed to
be (1) redesigned, (2) realigned or (3) replaced.

Option 1, redesigning the system, was explored in two
phases:

1. Repatching of the system equalizers (the subsystem
EQs were in series with that of the main center system).

2. The addition of a delay line to move the sonic image of
the main system back to the podium area.

Option 2, realigning the system, was implemented by
measuring and aligning the system with SIM System II,
which put option 3 to rest.

5.10a Plan view of the hall showing the intended speaker coverage zones.

Main Center

Main Sides

Delay Sides

Delay Center

The four subsystems:

Main Center: 4  UPA-1As

Main Side: 2  UPA-1As (1 per side)

Delay Center: 2  UPA-1As

Delay Side: 2  UPA-1As (1 per side)
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5.10.1 Example System Alignment: Introduction

Alignment 5.9 Procedures

The system signal flow is shown in Fig 5.10b. Each of the subsystems has independent EQ and delay lines.

DelayConsole EQ CEU & AMP & Speaker

UPA-1A

M-1A

Delay
Sides

T 1 Amp
UPA-1A

T 1 Amp
Main
Out

T 1 Amp
UPA-1A

T 1 Amp

UPA-1A

M-1A
T 1 Amp

UPA-1A
T 1 Amp

UPA-1A

M-1A
T 1 Amp

UPA-1A
T 1 Amp

UPA-1A

M-1A
T 1 Amp

UPA-1A
T 1 Amp

UPA-1A

Delay
Center

Main
Sides

Main
Center

CP-10 EQ
(1Ch.)

CP-10 EQ
(1Ch.)

CP-10 EQ
(1Ch.)

CP-10 EQ
(1Ch.)

EQ #1

EQ #2

EQ #3

EQ #4

Delay 1C

Delay 1B

Delay 1A

Delay 1D

5.10b Flow block diagram of the system from mix console to the speakers.
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5.10.1 Example System Alignment: Introduction

5.10 ExampleAlignment

SIM System II was interfaced as shown in Fig 5.10c. Each of the four channels is routed through the SIM 2403 interface
network and returned.

5.10c Flow block diagram of the system after SIM System II is patched in.

DelayConsole SIM & EQ CEU & AMP & Speaker

UPA-1A

M-1A

Delay
Sides

T 1 Amp
UPA-1A

T 1 Amp

Cons #1 CP-10 EQ
(1Ch.)

CP-10 EQ
(1Ch.)

CP-10 EQ
(1Ch.)

CP-10 EQ
(1Ch.)

 SIM 
2403

Cable
Kit

EQ #1

EQ #2

EQ #3

EQ #4

Cons #2

Amp #1

Cons #4

Main
Out

Cons #3

SIM System Snake

SIM EQ Snake

Amp #2

Amp #3

Amp #4

T 1 Amp
UPA-1A

T 1 Amp

UPA-1A

M-1A
T 1 Amp

UPA-1A
T 1 Amp

UPA-1A

M-1A
T 1 Amp

UPA-1A
T 1 Amp

UPA-1A

M-1A
T 1 Amp

UPA-1A
T 1 Amp

UPA-1A

Delay
Center

Main
Sides

Main
Center

Delay 1C

Delay 1B

Delay 1A

Delay 1D
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5.10.2 Setup

Alignment 5.9 Procedures

Setup Microphones
The setup microphones
panel is used to record the
roles and positions of the
measurement microphones.
In this case, eight mics were
used, two for each of the
four speaker system types.
The operator is free to edit
the names as desired.

There are three setup panels that can be edited. Before the alignment process begins the operator will configure these
panels to conform to the actual system patch (or patch the system to conform to the software panel). The setup can
then be saved and recalled later.

Setup Speakers
 The setup speakers panel is used
to show the location and channel
of each equalizer/speaker sub-
system. Each equalizer channel
routed through the SIM system
will be represented here. The op-
erator is free to edit the names as
desired.
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5.10.2 Setup

5.10 ExampleAlignment

Setup Branches
The setup branches panel is constructed by building
"Branches"—combinations of speakers and measurement
mics. The channels used in the mic and speaker setup
panels can be combined as required and the branches
named accordingly. The setup branches panel also main-
tains the delay time for each branch and other param-
eters, such as level offset.

Setup branches panel is where measurement branches are created from equalizers, speakers and
measurement mics.
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The data panel is a spreadsheet that shows the location of
each of the data files. Each branch has eight memory
blocks, each of which hold nine traces: amplitude, phase
and signal-to-noise ratio of the room, EQ and result. The
labeling of the data panel makes it easy to follow the
alignment procedure. The measurement types are shown
as well as excerpts from the note pad. In this example
you can see the following:

Memory group 1 holds the original EQ curves found in
the system from the previous alignment.

Memory group 2 holds the initial equalization using SIM

while measuring the individual responses of the speakers
before combination.

Memory group 3 holds "lobe study" information. This is
the leakage of the main cluster into the coverage area of
the main sides (horizontal leakage) and the center delays
(vertical leakage).

Memory group 4 has an initial combination and addi-
tional lobe studies.

Memory group 5 shows the final combined response of
the speakers.

Fig 5.10d Data panel.

5.10.2 Setup

Alignment 5.10 Example

Logging of the
original EQ set-
tings.

Checking for
isolation be-
tween systems.

Combining the
systems.

The single system
EQ settings using
SIM.
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Fig 5.10e Original equalization of the main cluster.

The original response of the equalizer is shown above,
overlaid against the unequalized response of the
Room+Speaker.  The displayed EQ trace is actually 1/EQ
(inverted) as typically displayed on SIM System II. The
closer this 1/EQ trace resembles the room + speaker trace
the more linear the response will be. The result trace is
shown in the upper screen, where the effectiveness of the
equalization can be seen. Notice, however, that the actual
shape created by the EQ is virtually flat and bears no re-
semblance to the shape of the response of the speaker in
the room. The 10 dB peak from 80 Hz to 200 Hz is not

even touched and is in fact actually worsened. (Remem-
ber that the eq is inverted.) The cause of this peak was
the coupling of four front-loaded low-frequency drivers
in a point-source array, and to some extent, the room in-
teraction.

Note: The blank area in the HF Frequency response oc-
curred because the data was stored a little too quickly.
The HF samples had not fully accumulated. It is not an
indication of any problem with the system and should be
disregarded in this evaluation.

5.10.3 Equalizing the Main Cluster

5.10 ExampleAlignment

Result

Room + Speaker
1/EQ
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Data panel indicating the source of the traces shown on the opposite page.

5.10.3 Equalizing the Main Cluster

Alignment 5.10 Example

Plan view of the hall indicating the mic position and speaker status during the measurements shown opposite.

Branch Group 1 Group 2 Group 3 Group 4 Group 5
1 Main A Single System Single System Combined Sys

Original EQ 1st Pass  With Mn Sides
2 Main B Single System Single System

Original EQ 1st Pass
3

4

5 Main Side A Single System Single System Lobe Study Combined Sys Combined Sys
Original EQ 1st Pass From Mn Center 7 ms offset synched to Mains

6 Main Side B Single System Single System
Original EQ 1st Pass

7 Delay Cent A Single System Single System Lobe Study Combined Sys
Original EQ 1st Pass From all Mains With all Mains

8 Delay Cent B Single System
1st Pass

9 Delay Side A Single System Single System Lobe Study Lobe Study Combined Sys
Original EQ 1st Pass From Mn Center All Speakers

10 Delay Side B Single System
Original EQ
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Fig 5.10f Equalization with SIM System II and the CP-10.

The system was then analyzed with SIM. The traces above
show the effect of precisely contoured equalization. It may
surprise you to notice the broad gentle slopes of the EQ
curve. Precise and effective equalization does not mean nar-
row band equalization. It was created with four carefully
chosen filters with bandwidths ranging from 1/5 to 1/2 oc-
tave. The shape of the EQ curve follows the general trends
of the room+speaker trace. This results in a very linear re-
sult trace as shown in the upper screen.

5.10.3 Equalizing the Main Cluster

5.10 ExampleAlignment

Result

Room + Speaker

1/EQ



© Meyer Sound 1998 259

Meyer Sound Design Reference

Branch Group 1 Group 2 Group 3 Group 4 Group 5
1 Main A Single System Single System Combined Sys

Original EQ 1st Pass  With Mn Sides
2 Main B Single System Single System

Original EQ 1st Pass
3

4

5 Main Side A Single System Single System Lobe Study Combined Sys Combined Sys
Original EQ 1st Pass From Mn Center 7 ms offset synched to Mains

6 Main Side B Single System Single System
Original EQ 1st Pass

7 Delay Cent A Single System Single System Lobe Study Combined Sys
Original EQ 1st Pass From all Mains With all Mains

8 Delay Cent B Single System
1st Pass

9 Delay Side A Single System Single System Lobe Study Lobe Study Combined Sys
Original EQ 1st Pass From Mn Center All Speakers

10 Delay Side B Single System
Original EQ

5.10.3 Equalizing the Main Cluster

Alignment 5.10 Example

Data panel indicating the source of the traces shown on the opposite page.

Plan view of the hall indicating the mic position and speaker status during the measurements shown opposite.
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Fig 5.10g Polarity reversal discovered.

After finishing the initial equalization of the main cluster
we moved on to the main side speakers. The phase trace
revealed that the main and side clusters were polarity re-
versed from each other. A quick look at the delay sys-
tems revealed that the main cluster was reversed from all
of the others. Upon further examination it was revealed
that the main cluster amplifiers were a different brand
than the rest of the system, a mix of pin 2 and pin 3 hot
amplifiers. The polarity reversal is obvious when view-
ing the phase trace above. Notice that the two traces
maintain a constant phase relationship of 180°.

5.10.4 Polarity Reversal Discovered

5.10 ExampleAlignment

Main Side System

Main Center System
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5.10.4 Polarity Reversal Discovered

Alignment 5.10 Example

Data panel indicating the source of the traces shown on the opposite page.

Plan view of the hall indicating the mic position and speaker status during the measurements shown opposite.

Branch Group 1 Group 2 Group 3 Group 4 Group 5
1 Main A Single System Single System Combined Sys

Original EQ 1st Pass  With Mn Sides
2 Main B Single System Single System

Original EQ 1st Pass
3

4

5 Main Side A Single System Single System Lobe Study Combined Sys Combined Sys
Original EQ 1st Pass From Mn Center 7 ms offset synched to Mains

6 Main Side B Single System Single System
Original EQ 1st Pass

7 Delay Cent A Single System Single System Lobe Study Combined Sys
Original EQ 1st Pass From all Mains With all Mains

8 Delay Cent B Single System
1st Pass

9 Delay Side A Single System Single System Lobe Study Lobe Study Combined Sys
Original EQ 1st Pass From Mn Center All Speakers

10 Delay Side B Single System
Original EQ
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Fig 5.10h Equalizing the main side system.

The main side speakers are a single UPA-1A per side.
The interaction with the room dominates the minimal
multiple speaker interaction. This results in a much flat-
ter room-plus-speaker response to start with compared to
the four speaker main cluster. Therefore less equalization
is required.

5.10.5 Equalizing the Main Side System

5.10 ExampleAlignment

1/EQ

Result

Room + Speaker
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5.10.5 Equalizing the Main Side System

Alignment 5.10 Example

Data panel indicating the source of the traces shown on the opposite page.

Plan view of the hall indicating the mic position and speaker status during the measurements shown opposite.

Branch Group 1 Group 2 Group 3 Group 4 Group 5
1 Main A Single System Single System Combined Sys

Original EQ 1st Pass  With Mn Sides
2 Main B Single System Single System

Original EQ 1st Pass
3

4

5 Main Side A Single System Single System Lobe Study Combined Sys Combined Sys
Original EQ 1st Pass From Mn Center 7 ms offset synched to Mains

6 Main Side B Single System Single System
Original EQ 1st Pass

7 Delay Cent A Single System Single System Lobe Study Combined Sys
Original EQ 1st Pass From all Mains With all Mains

8 Delay Cent B Single System
1st Pass

9 Delay Side A Single System Single System Lobe Study Lobe Study Combined Sys
Original EQ 1st Pass From Mn Center All Speakers

10 Delay Side B Single System
Original EQ
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Fig 5.10i Checking for isolation between the main and side systems.

The main cluster must cover the largest section of the hall. The remain-
ing subsystems will need to accommodate any overflow coverage from
the main cluster. The traces above illustrate a comparison of the signal
arriving in the side area from the side and center cluster, respectively.
The traces were individually measured so that we can see how much
overflow is coming from the center relative to the side speaker. The
above trace shows that there is only minimal isolation. In particular
there is a lot of overlap in the range between 2 kHz to 5 kHz where the
UPA-1's pattern is quite wide.

5.10.6 Combining the Main Systems

5.10 ExampleAlignment

Lobe Study

Single System Lobe Study S/N Ratio
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5.10.6 Combining the Main Systems

Alignment 5.10 Example

Data panel indicating the source of the traces shown on the opposite page.

Plan view of the hall indicating the mic position and speaker status during the measurements shown opposite.

Branch Group 1 Group 2 Group 3 Group 4 Group 5
1 Main A Single System Single System Combined Sys

Original EQ 1st Pass  With Mn Sides
2 Main B Single System Single System

Original EQ 1st Pass
3

4

5 Main Side A Single System Single System Lobe Study Combined Sys Combined Sys
Original EQ 1st Pass From Mn Center 7 ms offset synched to Mains

6 Main Side B Single System Single System
Original EQ 1st Pass

7 Delay Cent A Single System Single System Lobe Study Combined Sys
Original EQ 1st Pass From all Mains With all Mains

8 Delay Cent B Single System
1st Pass

9 Delay Side A Single System Single System Lobe Study Lobe Study Combined Sys
Original EQ 1st Pass From Mn Center All Speakers

10 Delay Side B Single System
Original EQ
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5.10 ExampleAlignment

Fig 5.10j Combining the main cluster and side systems.

When the systems were combined there was a large
change in the frequency response due to the strong inter-
action between the systems. The systems did not add
well since the mains speakers arrived 7 ms late into the
side area. The result is shown above. Note the loss in
midrange S/N ratio and the large frequency and phase
response ripple.

5.10.6 Combining the Main Systems

Large amplitude ripple

 S/N Ratio compromised

Large phase ripple
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Data panel indicating the source of the traces shown on the opposite page.

5.10.6 Combining the Main Systems

Alignment 5.10 Example

Plan view of the hall indicating the mic position and speaker status during the measurements shown opposite.

Branch Group 1 Group 2 Group 3 Group 4 Group 5
1 Main A Single System Single System Combined Sys

Original EQ 1st Pass  With Mn Sides
2 Main B Single System Single System

Original EQ 1st Pass
3

4

5 Main Side A Single System Single System Lobe Study Combined Sys Combined Sys
Original EQ 1st Pass From Mn Center 7 ms offset synched to Mains

6 Main Side B Single System Single System
Original EQ 1st Pass

7 Delay Cent A Single System Single System Lobe Study Combined Sys
Original EQ 1st Pass From all Mains With all Mains

8 Delay Cent B Single System
1st Pass

9 Delay Side A Single System Single System Lobe Study Lobe Study Combined Sys
Original EQ 1st Pass From Mn Center All Speakers

10 Delay Side B Single System
Original EQ
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Fig 5.10k Delay tapering of the side system.

The original system patch was configured so that the
main and side speakers had the same delay time. The
system was repatched so that the side could be delayed
separately. The delay offset was determined by using the
procedure for external delay.  The sides were delayed 7
ms, resulting in a much smoother combination of the two
systems. Compare the traces shown above with the pre-
vious set taken before the delay was added. The above
data shows improved S/N ratio and reduced amplitude
and phase ripple.

5.10 ExampleAlignment

5.10.6 Combining the Main Systems

Improved S/N Ratio

Amplitude ripple is decreased

Phase ripple is decreased
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Data panel indicating the source of the traces shown on the opposite page.

5.10.6 Combining the Main Systems

Alignment 5.10 Example

Plan view of the hall indicating the mic position and speaker status during the measurements shown opposite.

Branch Group 1 Group 2 Group 3 Group 4 Group 5
1 Main A Single System Single System Combined Sys

Original EQ 1st Pass  With Mn Sides
2 Main B Single System Single System

Original EQ 1st Pass
3

4

5 Main Side A Single System Single System Lobe Study Combined Sys Combined Sys
Original EQ 1st Pass From Mn Center 7 ms offset synched to Mains

6 Main Side B Single System Single System
Original EQ 1st Pass

7 Delay Cent A Single System Single System Lobe Study Combined Sys
Original EQ 1st Pass From all Mains With all Mains

8 Delay Cent B Single System
1st Pass

9 Delay Side A Single System Single System Lobe Study Lobe Study Combined Sys
Original EQ 1st Pass From Mn Center All Speakers

10 Delay Side B Single System
Original EQ
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Step 4: Delay the delay center system to the main center
system. This was chosen because the main center was the
second strongest signal in the delay center area and cre-
ated a sonic image in the direction of the stage.

Step 3: Delay the main side system to synchronize to the
signal from the main center system. This proved far su-
perior for intelligibility than the previous setting.

5.10.7 Setting Delays

5.10 ExampleAlignment

Step 1: Delay the main center system to synchronize to
the fictitious source. This helps to create a sonic image in
the area of the minister.

Step 2: Delay the main side system to synchronize to the
fictitious source. This was chosen because the fictitious
source would help create a sonic image in the direction of
the stage.  This proved unworkable, however, due to the
interaction of the main sides with the main center system,
as shown in the previous section.

Delay Setting proceeded in five stages beginning with the
systems nearest the stage and moving outward. The pro-
cess is described below.

Fictitious Source

Fictitious Source
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5.10.7 Setting Delays

Alignment 5.10 Example

Step 5: Delay the delay sides to the main center system.
This was chosen because the main center was the second
strongest signal in the delay side area and created a sonic
image in the direction of the stage. The interaction with
the delay center was negligible.
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Fig 5.10l SIM equalization of the side delay speakers.

The side delays consisted of a single speaker per side,
therefore there was only a minimal LF buildup in the re-
sponse. This system required the least equalization. This
is not surprising since there is no speaker/speaker inter-
action but instead only speaker/room interaction.

This response is a good example of the UPA-1A's charac-
teristic 10 kHz peak. This is an efficiency peak in the
1401A driver response. The peak can be optionally re-
moved by  moving the jumper wire on the Y-1PD net-
work in the cabinet.

5.10.8 Equalizing the Delay Side System

5.10 ExampleAlignment

1/EQ

Result

Room + Speaker
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Branch Group 1 Group 2 Group 3 Group 4 Group 5
1 Main A Single System Single System Combined Sys

Original EQ 1st Pass  With Mn Sides
2 Main B Single System Single System

Original EQ 1st Pass
3

4

5 Main Side A Single System Single System Lobe Study Combined Sys Combined Sys
Original EQ 1st Pass From Mn Center 7 ms offset sync,d to Mains

6 Main Side B Single System Single System
Original EQ 1st Pass

7 Delay Cent A Single System Single System Lobe Study Combined Sys
Original EQ 1st Pass From all Mains With all Mains

8 Delay Cent B Single System
1st Pass

9 Delay Side A Single System Single System Lobe Study Lobe Study Combined Sys
Original EQ 1st Pass From Mn Center All Speakers

10 Delay Side B Single System
Original EQ

5.10.8 Equalizing the Delay Side System

Alignment 5.10 Example

Data panel indicating the source of the traces shown on the opposite page.

Plan view of the hall indicating the mic position and speaker status during the measurements shown opposite.
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5.10.9 Combining the Delay Systems

5.10 ExampleAlignment

Lobe Study Single System

A comparison of the amplitude response alone shows
that the frequency response and level are well matched.
This would seem to indicate that the delays are not
needed. The S/N ratio traces, however, are grossly differ-
ent, indicating that the response from the main system is
totally unintelligible in the side delay area due to a low
direct-to-reverberant ratio. The delays will be required to
raise the intelligibility (not the level).

Fig 5.10m Evaluating the need for the delay speakers.

One of the questions that comes up in the evaluation of a
design is: "Do we really need these delay speakers?" This
question is answered in the data above, which compares
the signal arriving from the main speakers, and delay
speakers arriving into the side delay coverage area. If the
response from the main speakers is good, this would in-
dicate that the delays were not required. If the response
is poor then we know that the delays are required.

Lobe Study
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Data panel indicating the source of the traces shown on the opposite page.

5.10.9 Combining the Delay Systems

Alignment 5.10 Example

Branch Group 1 Group 2 Group 3 Group 4 Group 5
1 Main A Single System Single System Combined Sys

Original EQ 1st Pass  With Mn Sides
2 Main B Single System Single System

Original EQ 1st Pass
3

4

5 Main Side A Single System Single System Lobe Study Combined Sys Combined Sys
Original EQ 1st Pass From Mn Center 7 ms offset sync,d to Mains

6 Main Side B Single System Single System
Original EQ 1st Pass

7 Delay Cent A Single System Single System Lobe Study Combined Sys
Original EQ 1st Pass From all Mains With all Mains

8 Delay Cent B Single System
1st Pass

9 Delay Side A Single System Single System Lobe Study Lobe Study Combined Sys
Original EQ 1st Pass From Mn Center All Speakers

10 Delay Side B Single System
Original EQ

Plan view of the hall indicating the mic position and speaker status during the measurements shown on the oppo-
site page.



Meyer Sound Design Reference

276 © Meyer Sound 1998

The combined response of the delays and mains is shown
above compared to the original response of the delays
alone. Notice that the overall level has risen but the over-
all linearity has been maintained. The level of the delay
speakers was set so that the S/N ratio in the delay areas
was comparable to that in the main system area. This
helps to provide consistent intelligibility and minimizes
the tendency to image toward the delay speakers. If the
level of the delay speakers is set too high, the improve-
ment in intelligibility will be offset by the distraction of

poor imaging. If the level is set too low, the intelligibility
will suffer. Some might advocate the practice of inten-
tionally adding excess delay to the delay speakers. This
results in moving the sonic image away from the delay
speaker. Unfortunately though, it also decreases the S/N
ratio due to combing. This then causes the delays to get
turned up louder (since their intended purpose is in-
creased S/N ratio) and you get poor imaging and low
S/N ratio.

5.10.9 Combining the Delay Systems

5.10 ExampleAlignment

Fig 5.10n Combining the delays with the mains.

Combined System
Single System
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Branch Group 1 Group 2 Group 3 Group 4 Group 5
1 Main A Single System Single System Combined Sys

Original EQ 1st Pass  With Mn Sides
2 Main B Single System Single System

Original EQ 1st Pass
3

4

5 Main Side A Single System Single System Lobe Study Combined Sys Combined Sys
Original EQ 1st Pass From Mn Center 7 ms offset sync,d to Mains

6 Main Side B Single System Single System
Original EQ 1st Pass

7 Delay Cent A Single System Single System Lobe Study Combined Sys
Original EQ 1st Pass From all Mains With all Mains

8 Delay Cent B Single System
1st Pass

9 Delay Side A Single System Single System Lobe Study Lobe Study Combined Sys
Original EQ 1st Pass From Mn Center All Speakers

10 Delay Side B Single System
Original EQ

Data panel indicating the source of the traces shown on the opposite page.

5.10.9 Combining the Delay Systems

Alignment 5.10 Example

Plan view of the hall indicating the mic position and speaker status during the measurements shown opposite.
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Delay Side 1/EQ

Delay Center 1/EQ

5.10 ExampleAlignment

Main Center

Main Side

Delay Side

Delay Center

Main Center 1/EQ

Main Side 1/EQ

5.10.10 All Systems Combined

Note : The equalizer traces are inverted (1/EQ).
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Branch Group 1 Group 2 Group 3 Group 4 Group 5
1 Main A Single System Single System Combined Sys

Original EQ 1st Pass  With Mn Sides
2 Main B Single System Single System

Original EQ 1st Pass
3

4

5 Main Side A Single System Single System Lobe Study Combined Sys Combined Sys
Original EQ 1st Pass From Mn Center 7 ms offset sync,d to Mains

6 Main Side B Single System Single System
Original EQ 1st Pass

7 Delay Cent A Single System Single System Lobe Study Combined Sys
Original EQ 1st Pass From all Mains With all Mains

8 Delay Cent B Single System
1st Pass

9 Delay Side A Single System Single System Lobe Study Lobe Study Combined Sys
Original EQ 1st Pass From Mn Center All Speakers

10 Delay Side B Single System
Original EQ

The Full System Response

Once the systems are fully combined we can take a look
at each position and compare. The hope is that the sys-
tems will be closely matched in level and frequency re-
sponse. In this case the frequency responses were well
matched but it was noticed that the level of the main side
system was higher than the others. This was remedied by
a level adjustment at the M-1A controller.

Notice, also, the differences in the response of the four
equalizers. Each subsystem required unique equalization
in order to have a matched result response. The main and
delay center systems required more EQ in the low
midrange since they were multiple speaker point-source
arrays. The side systems were single speaker split-point
source elements with much less speaker interaction.

Data panel indicating the source of the traces shown on the opposite page.

5.10.10 All Systems Combined

Alignment 5.10 Example

Plan view of the hall indicating the mic position and speaker status during the measurements shown opposite.
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Speakers

UM-1A to 1C Upgrade Yes No

UM-1B to 1C Upgrade Yes Yes

UPA-1A to 1C Upgrade Yes No

UPA-1B to 1C Upgrade Yes Yes

MSL-3 to MSL-3A Upgrade Yes No

S500 to S500A Upgrade Yes No

Electronics

CP-10 Gain Adjust Modification Yes No

Linear Pot Modification Yes No

(For M-1, M-3, B-2, B-2A, B-2AEX)

EX Card for B-2 and B-2A Yes No

P-1 to P-1A Upgrade Yes No

HD-1 Low Noise Modification No No

SIM 2403 Mute Circuit Modification No Yes

SIM 2403 Address Switch Modification No No

SIM 2403 ESD Modification No Yes

M500 to M500A Upgrade No No

MS1000 to MS1000A Upgrade No No

Software/Hardware

SIM v2.0 to v2.3s Upgrade Yes

SIM v2.3s to v2.3m+s Upgrade Yes

SIM v2.0 to v2.3m Upgrade Yes

Revision History 6.1 Upgrade Master

Field Installable? Covered under Warranty?

Field Installable?

Field Installable? Covered under Warranty?
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Speakers

UPM-1: Original and current version.  Use P-1A or MPS-
3 CEU.

MPS-355: Contractor version of UPM-1.  Similar acoustic
performance.  Lower cost enclosure without trapezoidal
shape.  Use P-1A or MPS-3 CEU.

MPS-305:  Reduced size power and bandwidth version.
Uses only a single five-inch LF driver.  Must be used with
the MPS-3 controller only.  Lo-Cut switch should be en-
gaged for maximum dynamic range.

Compatibility Issues: The UPM-1 or MPS-355 speakers
are frequency response compatible.

The MPS-305 is an 8Ω load with reduced LF response
(the others are 16Ω).  These should be powered sepa-
rately from the UPM-1 or MPS-355 speakers.

Controllers

P-1: Original controller for UPM-1. These have been su-
perseded by the more sophisticated P-1A.

P-1A: Improved frequency response and limiting.  P-1A
gives extended LF response with a peak sliding filter that
rolls off low end when low-frequency power exceeds the
threshold.

MPS-3: Stereo version of P-1A.  Improved frequency re-
sponse linearity over the P-1A.  Cost effective for multi-
channel applications.  This unit has a slightly higher
noise floor than the P-1A.

CEU Upgrades: P-1 to P1-A Upgrade Kit.
Field installable PCB.

Compatibility Issues:The P-1A and MPS-3 are not fre-
quency response compatible.  If they are used together
the system should be equalized separately.

The P-1A controller can be used for the UPM-1 or MPS-
355 speakers.

The MPS-3 Controller can be used for any of the above
speakers.

Revision History
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Speakers

UM-1: Original UM-1.

UM-1A:  Diaphragm modification to 1401A and network
change to Y1-PB for improved HF response.  Networks
were shipped in "10 kHz boost" position.

UM-1B: HF driver changed to 1401B and network to Y-
1PC.  Extended HF response to 20 kHz. Not compatible
with UM-1s, UM-1As or UM-1Cs.  Networks were
shipped in the HF peak position leaving a resonant peak
at or above 16 kHz.

UM-1C:  A throat extender was added and the  network
changed for improved compatibility with UM-1A.  HF
response remains extended from UM-1A.  Networks are
shipped in the flat position.  Can be changed to 16 kHz
boost position. The boost position is useful  when the
UM-1C is used for long-throw PA applications.

Speaker Upgrades: UM-1B to 1C conversion kit is avail-
able free of charge. UM-1A to 1C conversion kit can be
purchased.

Compatibility Issues: UM-1 response will not match any
of the other models.

UM-1A with HF network "Flat "(not as shipped) is very
close to UM-1C with HF network "Flat" (as shipped).

UM-1B  response will not match any of the other models.
The "UM-1A" HF network setting has not proven to be
sufficiently compatible with the UM-1A.  Not recom-
mended.

UM-1C with HF network "Flat" (as shipped) is very close
to UM-1A with HF network "Flat" (not as shipped).

6.3 UM-1 SeriesRevision History

Controllers

UltraMonitor™: The original controller for the UM-1.
Had a switch labeled “–20 dB” which reduced the limit-
ing threshold by 20 dB.   This was designed so that stage
monitors could be “rung out” without causing ear dam-
age.

M-1: The introduction of the UPA-1 required a slight re-
design.  The –20 dB switch was changed to “Safe” which
reduced the limiting threshold by 6 dB.   This served the
function of increasing system reliability in long-term
high-power applications and reducing the audibility of
amplifier clipping.   Frequency response was not
changed.

M-1A: Identical to M-1 except that the level potentiom-
eter was changed to a linear taper.  This was due to the
high variability in component tolerance of the log pots.
The linear pot is calibrated in dB attenuation. It is easier
to match levels between units and their restricted range
tends to keep the CEU operated in its optimal range.

CEU Upgrades:
For M-1s only: U22 hum reduction ground modification.
This reduces the hum on pin 2 of the HF output channel.
These are done to any units returned for service.

M-1 to M-1A conversion kit can be purchased (linear pot
upgrade).

Compatibility Issues:
UltraMonitor and M-1: Factory-only upgrade to reset
limit threshold for "Safe" switch.

M-1 and M-1A: The only compatibility issue is the front
panel level control.  Linear pot upgrade is recommended.
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Controllers

UltraMonitor™: The original controller developed for
the UM-1.  Had a switch labeled “–20 dB” which reduced
the limiting threshold by 20 dB.

M-1: The introduction of the UPA-1 required a slight re-
design.  The –20 dB switch was changed to “Safe” which
reduced the limiting threshold by 6 dB.   This served the
function of increasing system reliability in long-term
high-power applications and reducing the audibility of
amplifier clipping.   Frequency response was not
changed.

M-1A: Identical to the M-1 except that the level potenti-
ometer was changed to a linear taper.  This was due to
the high variability in component tolerance of the log
pots.  The linear pot is calibrated in dB attenuation. It is
easier to match levels between units and their restricted
range tends to keep the CEU operated in its optimal
range.

CEU Upgrades:
For M-1s only: U22 hum reduction ground modification.
This reduces the hum on pin 2 of the HF output channel.
These are done to any units returned for service.

M-1 to M-1A conversion kit can be purchased (linear pot
upgrade).

Compatibility Issues:
UltraMonitor and M-1: Factory only upgrade to reset
limit threshold for "Safe" switch.

M-1 and M-1A: The only compatibility issue is the front
panel level control.  Linear pot upgrade is recommended.

Speakers

UPA-1: Original UPA-1.

UPA-1A:  Diaphragm modification to 1401A and net-
work change to Y1-PB for improved HF response.  Net-
works shipped in "10 kHz boost" position.

UPA-1B: HF driver changed to 1401B and network to Y-
1PC.  Extended HF response to 20 kHz. Not compatible
with UPA-1s, UPA-1As or UPA-1Cs.  Networks were
shipped in the HF peak position leaving a resonant peak
at or above 16 kHz.

UPA-1C:  A throat extender was added and network
changed for improved compatibility with the UPA-1A.
HF response remains extended from UPA-1A.  Networks
are shipped in the flat position.  Can be changed to 16
kHz boost position. The boost position is useful  when
the UM-1C is used for long-throw PA applications.

Speaker Upgrades: UPA-1B to 1C conversion kit is available
free of charge. UPA-1A to 1C conversion kit can be pur-
chased.
Compatibility Issues: UPA-1 response will not match
any of the other models.

UPA-1A with HF network "Flat"(not as shipped) is very
close to UPA-1C with HF network "Flat" (as shipped).

UPA-1B  response will not match any of the other mod-
els.  The "UPA-1A" HF network setting has not proven to
be sufficiently compatible with the UPA-1A.  Not recom-
mended.

UPA-1C with HF network "Flat" (as shipped) is very
close to UPA-1A with HF network "Flat" (not as
shipped).
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Speakers

650: Original single eighteen inch driver version.  Perma-
nent install only.  Developed for the movie Apocalypse
Now.

650-R2:  Original and current high-power road version
subwoofer.  Frequency response range is 30 to 100 Hz.

USW-1:  Developed for use with arrays where minimal
size is required.  Can be flown. Frequency response range
is 40 to 100 Hz.

MSW-2:  Single MS-18 driver.  Companion to MSL-2A
(has the same dimensions).  Frequency response range is
35 to 100 Hz.

Controllers

650-EM: The original controller for the 650.  The first ver-
sion used predictive limiters and therefore required indi-
vidual calibration of the controller for each model (and
voltage gain) of power amplifier.  Later version included
sense lines.  This was the first product to utilize
“SpeakerSense™.”

B-1:  Successor to 650-EM.  Stereo version with similar
frequency response.  The unbalanced phone jacks out-
puts proved unpopular, and the single level control for
both channels was unable to maintain stereo tracking.
This product was quickly discontinued.

B-2:  The true successor to 650-EM.  Limiting threshold
could be controlled by a continuously variable potenti-
ometer with a range of 12 dB.

B-2A  Has two summing input channels so that stereo
systems with monaural low-frequency information will
only need a single B-2A CEU. Additional pole was added
to the high pass filter at the bottom end to increase excur-
sion control.

EX excursion card.  The trend toward higher power out-
put in modern power amplifiers was most evident in
user’s desire to drive the subwoofer cabinets with ampli-
fiers with power ratings above those recommended in
our literature, creating the need for more sophisticated
circuitry to protect the drivers.  This began with the in-
troduction of a field-installable retrofit PCB, the "EX" cir-
cuit which incorporates an excursion limiter that reacts
quickly enough to protect the driver when power ampli-
fiers up to 720 watts into 8Ω are used.

B-2AEX: The B-2AEX is identical to a B2-A with the "EX"
card.

B-2EX:  The B-2EX differs from the B-2AEX in that the ex-
cursion protection circuit can be switched out.  The limit-
ing threshold can be set to "Safe" which reduces the RMS
limiting threshold by 6 dB and engages the excursion
limiter.  When not in "Safe" the RMS limiter is set to full
power and the excursion limiter is defeated.  The "Bass
Extender," a phase delay network that was in the previ-
ous B-2 series products, was deleted for the B-2 EX.

Upgrades :  B-2. Hum reduction ground modification,
sense line oscillation reduction modification. This is done
on any units returned for service.

EX card: can be added to any B-2 or B-2A.

Linear pot upgrade: The B-2EX has a linear taper level
control.  B-2, B-2A and B-2AEX can be retrofit with the
linear pot upgrade.

Compatibility Issues: Frequency response compatibility
is not an issue since it has only changed slightly through
the entire evolution with steeper highpass filters em-
ployed on the B-2A and steeper yet on the B-2AEX  This
affords improved excursion protection without signifi-
cantly modifying the audible response.

Important note: To maintain frequency response note the
following:

• The B2-EX frequency response matches the response of all
other controllers in the EQ setting, NOT the flat setting.
This change came as the result of recent high-resolu-
tion SIM measurements that reveal that the speaker re-
sponse is flatter in the EQ position.

• Limiting has been changed by addition of the EX circuit.

• 650-EM, B-1, B-2, B-2A without EX card are all limit cir-
cuit compatible with B-2EX (when not in "Safe").

• B-2 and B-2A with EX card are limit circuit compatible
with the B-2AEX and B-2EX (in "Safe").

• B-2AEX and B-2EX are limit circuit compatible with B-
2AEX "Power" control at 12:00 (–6 dB) and B-2EX in
"Safe."

Note: 650-EM and B-1 will not take EX cards.

Controllers

6.5 SubwoofersRevision History
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Speakers

500: Low-cost two-way passive system.

500A:  Improved HF driver.

500RW:  Stage monitor version.

501: Single eighteen-inch subwoofer.  Passively crossed.

502:  Different enclosure design than the 501. Deeper and
shorter but has same volume and tuning.

518:  Smaller enclosure than the 502.

Upgrade: 500 to 500A conversion kit available.  Not
available for 500-RW.

Compatibility Issues: 500 and 500A products are not
compatible.

CEU plus Amplifier

M500 amplifier: Original amplifier plus CEU for 500 se-
ries speakers.

M500A amplifier: Improved amplifier and CEU for 500A
speakers.

Upgrade: M500-M500A conversion kit available.

Compatibility Issues: 500 and 500A products are not
compatible.

6.6 500 SeriesRevision History
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 6.7 MSL-3 SeriesRevision History

Speakers

MSL-3:  Original MSL-3 system with MS-P4 piezoelectric
tweeter array.

MSL-3A: Improvements in HF driver response allowed
for the deletion of the MS-P4 array.  This yields improved
VHF directional control over the MSL-3.

Upgrades:
MSL-3 to MSL-3A conversion kit. Field installable driver
retrofit to convert MSL-3s to MSL-3As.

Compatibility Issues: The MSL-3 and MSL-3A will
sound quite different above 8 kHz, especially in regard to
directional control. If used together, they should be run
on separate CEUs. An M-3T will be required for the MSL-
3s.  The TC, HF and EQ circuit (see below) should be in
on all MSL-3s and out on all MSL-3As.

Controllers

M-3:  Original controller for the MSL-3.

TC-3:  Time correction unit for piezoelectric tweeter array
in the MSL-3. To be used in series with the M-3.

TC-3A:  An improved version of the TC-3 with bypass re-
lays and a dynamic range switch to optimize the signal-
to-noise ratio.

M-3T: The TC-3 circuitry was incorporated into the M-3.
The TC circuit may be bypassed. HF EQ switch included
for improved linearity of HF response for MSL-3 in the 8
kHz range.  Includes amplifier voltage gain detection cir-
cuit.  Mute relays are engaged if the amplifier gains is out
of the acceptable window (10 to 30 dB). This feature pro-
tects the speaker in cases of excess amplifier voltage gain
or when the sense lines are inadvertently disengaged.
The gain detection circuit is not  linked to the limit cir-
cuit. It responds only to the voltage gain in the power
amplifier. Excess voltage gain causes the limiting circuits
to lose effectiveness, compromising driver protection.
The limiting thresholds are identical for all models of the
M-3 CEU.  The gain detectional circuit can be defeated by
a field adjustable internal jumper switch.

M-3A:  For use only with MSL-3A. The deletion of the
MS-P4 made the TC circuit obsolete and it was subse-
quently removed.

Upgrades: Linear pot upgrade kit is available for M-3s.

Compatibility Issues: The M-3A is functionally identical
to the M-3 with these exceptions:

1. The M-3A has amplifier voltage gain detection cir-
cuitry (as in the M-3T).

2. The M-3A has the linear taper level control (M-3 has
log).

The M-3T can create identical frequency response to M-3
and M-3A by switching TC,  HF and EQ switches out.
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CP-10 Parametric Equalizer

CP-10 (pre-1990): Units manufactured before May 1990
had 6 dB of voltage gain when driven push-pull and re-
ceived by a balanced input.  A “cascading jumper “ (an
unbalancing cable) was included with the unit, which
prevented additional 6 dB buildups to occur when con-
necting units in series.

CP-10 (post-1990): Later units have a switch that adjusts
the gain of the CP-10 for each type of drive. To obtain
unity gain through the CP-10:

•If driving and receiving the unit balanced, the switch
should be set to "balanced"

•If driving or receiving the unit balanced, the switch
should be set to "unbalanced"

Note: The CP-10 outputs are always driven balanced and
the switch affects only the system gain.

CP-10S  (1994–present): Security version of CP-10 with
screwdriver operated trimpots for all settings.

Upgrade: CP-10 Gain Adjust Modification Kit is available
for all pre-1990 CP-10s.

Compatibility Issues: Frequency response of all CP-10
iterations is identical.For gain compatibility between
pre- and post-1990 CP-10s the newer unit should be set to
"unbalanced."

SIM System II Hardware

2403 Interface Network:  The original and current multi-
channel switcher for SIM.  There are two versions of
channel cards.  Earlier version did not have a DC offset
trimpot for nulling DC on the microphone SPL meter.
Early version had tack-on resistors.

Upgrades: Channel PCB mute modification. The original
mute circuit can cause distortion measurement errors
when engaged with high-level signals.  This is described
in detail in the field bulletin SIM 2403 Mute Circuit Modi-
fication.  The modification is performed at Meyer Sound
free of charge.

SIM Address Modification:  A front panel rotary switch is
installed to allow easy access to modifying the SIM ad-
dress.

ESD Immunity Modification:  The 2403 is susceptible to
electrostatic discharge (ESD) problems resulting in inad-
vertent relay triggering.  This problem is solved in two
steps:

1. Power supply PCB modification (performed at
Meyer Sound free of charge).

2. A modification of the existing interface cabling.

Compatibility Issues:  None.
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MST-1

Speakers

MST-1: Original and current.  The MST-1 is a high-power
tweeter bank (30 piezoelectric tweeters).  Highly direc-
tional for long-throw HF applications.  Protection circuit
is internal to the enclosure.

Controllers

T-1: Original controller for MST-1.

T-1A:   Improved version has a higher crossover point for
improved system linearity.

Upgrade: None available.

Compatibility Issues:T-1 and T-1A are not compatible.

 6.9 MiscellaneousRevision History

HD-1

HD-1: Original and current version.

Upgrade: Low noise modification. This is an electrical
modification that reduces the noise floor of the HD-1 by
several dB for critical listening situations.

MS-1000 Power Amplifier

MS-1000 Amplifier: Original power amplifier.

MS-1000A Amplifier: Improvements made regarding in-
rush current, mechanical stability and circuit reliability.

MS-10 Amplifier: Modified MS-1000A configured to
conform to Type 3 Amplifier specifications for use with
MSL-10 systems.  16 dB voltage gain.  Amplifier is
bridged.

Upgrade:MS-1000 to MS-1000A conversion kit available.

Compatibility Issues:MS-1000 and MS-1000A products
are compatible.
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The 650-P is not a direct equivalent to the 650-R2. The
650-P was designed to maximize compatibility with the
MSL-4. The 650-R2 was designed for compatibility with
the MSL-3 and UPA. The result is a change of polarity be-
tween the two systems. The voltage gain of the 650-P is
equivalent to a 26 dB amplifier with the CEU at 0 dB at-
tenuation.

Appendix 7.1 Self Powered

7.1.1 Combining Externally-Powered with Self-Powered Speakers

Fig 7.1a Combining externally-powered with self-powered speakers.

American Standard

The American amplifier voltage standard is 26
dB (20x).

In order to make the 650s compatible:

1) Reverse polarity of the 650-R2s.

2) Verify that the amplifier voltage gain is 26 dB.

3) Set the B-2 Series CEU level to full (0 dB).

The phase response correction of the MSL-4 is much
more sophisticated than that of the MSL-3 or UPAs. The
MSL-3 should not be placed side-by-side with MSL-4s.
They can be used as a vertical downfill where the phase
relationship is already physically displaced. They should
always be equalized separately.

European Standard

The European amplifier voltage standard is 23 dB
(14x).

In order to make the 650s compatible:

1) Reverse polarity of the 650-R2s.

2) Verify that the amplifier voltage gain is 23 dB.

3) Set the B-2 series CEU level to 0 dB.

4) Set the LD-1A drive of the 650-R2s to +3 dB.
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Table 7.3 Meyer Sound checklist.

This chart serves as a quick reference for design and verification of your speaker system.

7.2 Meyer Sound Design Verification Checklist

p
Parameter Recommended Settings If recommendations are not followed Reference

Amplifier Maximum Output Power Type 1 = 350 @ 8Ω              Type 2 = 700 @ 8Ω Overpowering of speakers reduces reliability. 
Underpowering reduces max SPL.

Section 1.4.1

Max Power for HF & LF Channels Matched If power capabilities are not matched the max SPL of 
the system will be compromised, (if HF too low) or the 
reliability decreased (if LF too high)

Section 1.4.6

Amplifier Voltage Gain 23 dB (Europe)      26 dB (all others) V gain must be standardized for all of your amps. 
Should be within the range of 20-30 dB. 

Section 1.4.2

V Gain for HF & LF Channels Matched If V gain is not matched the crossover will not add 
properly. Result will be phase cancellation at 
crossover.

Section 1.4.5

Amplifier "Hot" pin Pin 2 is the standard                                                                      
2 or 3 is OK - just make sure you know!

If pin configuration is not standardized, polarity 
reversals will result.

Section 1.4.7

CEU Checklist
Parameter Recommended Settings If recommendations are not followed Reference

Level Control Setting 0 dB to -12 dB. If attenuation is too high the stages that drive the CEU 
may overload 

Section 1.2.5

Sense LED Lights green with moderate signal input If not lighting green there is a "sense fault". (1) Sense 
line not hooked up, (2) Amp gain out of range (10-30 
dB), (3) HF & LF Sense lines reversed. 

Section 1.3.6

Limit LED Lights occasionally under high power signal conditions Limiters should not light continuously. This will 
cause driver overheating.

Section 1.3.6

Safe Switch "In" if system is to be operated by amateurs. Decreased life expectancy of drivers Section 1.3.6

 "In" if the amplifier maximum power ratings are above 
the recommendation.

Decreased life expectancy of drivers Section 1.3.6

 "In" if the system is to be run into continuous overload. Decreased life expectancy of drivers Section 1.3.6

"Out" if the system is run responsibly and maximum 
dynamic range is desired.

You are giving up usable dynamic range. Section 1.3.6

Lo cut Switch "Out" if no subwoofers are used. Thin sound Section 1.2.6

 "Out" if main cabinets are flown and subwoofers on the 
ground. 

Distinct MF and LF sound images. Not as natural 
sounding.

Section 1.2.6

"In" if main cabinets are directly coupled to subs.   Boost in low midrange. Easily EQ'd. Section 1.2.6

Speaker Checklist
Parameter Recommended Settings If recommendations are not followed Reference

LF Polarity Battery Check LF driver will move forward when positive DC voltage 
is applied to the "+" pin.

LF polarity reversal Section 4.9.2

Crossover addition There should be measurable addition through crossover 
if the HF and LF drivers both have proper polarity 

HF polarity reversal causes crossover cancellation Sections 4.9.3 & 
4.10

Multiple speaker addition When two speakers are placed adjacent they should add 
6 dB at the center, indicating that polarity of all drivers 
are matched.

Broadband cancellation indicates that the two 
speakers are fully reversed. If only the LF adds then 
one of the HF drivers is reversed. (And vice-versa).

Section 4.9.3

Subwoofer Addition Subwoofer addition is dependent upon the relative 
placement of the Subs to the other enclosures. Try both 
polarities and see which one adds best at crossover. 
This should be done on a case by case basis.

Crossover cancellation. Section 4.9.6
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