.

lectremic
Seuma Iyter
Yaslam

Equipment, Application,
Specification, and Installation

Yo Tl

S

5
&R

ﬁ;‘\@ NG

Neil Thompson Shade

1997 Theodore John Schuliz Grant for Advancement of
Teaching and Research in Architectural Acousties

The Robert Bradford Newman Student Award Fund
Lincoln, Massachusetts

June 2001




“Sound is what happens when air gets pushed.”

— Richard C. Heyser in 1982

“When we include a piece of the universe with brick and mortar
and wooden walls and call it an auditorium, that is when we
architects get into all sorts of trouble.”

- Architect Rudoolph Markgrafin 1911

“It is mot my fault that acoustics and I can never come to an
understanding. I gave myself great pains to master this bizarre
science, but after fifteen years' labor, I found myself hardly in
advance of where I stood on the first day...I had read diligently in
my books, and conferred industriously with philosophers - nowhere
did I find a positive rule of action to guide me; on the contrary
nothing but contradictory statements.”

—Architect Charles Gamnier in 1880
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Introduction and Overview

“In order that the amplified and reproduced sound give an
illusion of reality, the amplifying equipment must be free
from distortion; it must be free from distracting or
annoying noises; and it must reproduce the sound at a
loudness level which is adequate for distinct and
comfortable hearing—and at a level which is comparable
with the loudness of sound which we customarily hear. If
the equipment possess these specified characteristics, the
sound which is impressed upon the microphone will be
reproduced by the loud speaker with a fidelity that will
make it indistinguishable from the original sound.
Unfortunately, the existing commercial equipment does

not adequately possess these characteristics.”

Knudsen, Chapter 14, Architectural Acoustics, John Wiley
& Sons, New York, NY (1932).
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Preface

The demand for sound system performance is growing, no doubt by the public's
experience with advanced business, computer, concert, home entertainment, motion
picture, and sporting event media systems. Spaces should have sound systems which
meet listener and end user expectations, are aesthetically integrated within the
architectural design, and achieve a level of technical performance equal to other
building systems.

Training in university architecture programs generally excludes sound systems.
While sound system design is beyond the scope of an architect's responsibility, the
practitioner should understand the fundamentals to accommodate the
recommendations by the project acoustician, sound system designer, electrical
engineer, sound system contractor, and others.

The idea for this book came about from my frustration with the available books and
their suitability as a university-level teaching tool for those with little exposure to
sound systems design. Sound system books tend to fall into two categories: (1) those
that emphasize engineering electro-acoustics (lots of math and little practical
application) or (2) those describing operation techniques (useful for live sound
operators but lacking for the design professional). Neither provides concise and
relevant information needed to accommodate sound system requirements in the
architectural design process. This book is intended to provide architecture faculty,
students, and others with a resource that describes the basics of audio equipment and
sound systems, design principles and performance objectives, architectural
programming requirements, specification criteria, and installation practices to
achieve the above stated objectives. Information is presented both as elementary
concepts, providing a general overview, and in-depth suitable for detailed
engineering design. Architectural faculty and students will find useful concepts to
integrate sound systems within building design. Engineering faculty and students will
appreciate the detailed functional descriptions of equipment component items and
their application to sound systems design.

The author assumes the reader has previous exposure to basic architectural acoustics
and a mathematical proficiency at the elementary college level. An understanding of
room acoustics is necessary to properly design a sound system. Selected room
acoustical concepts relevant to sound systems are covered in the first chapter for
those requiring a brief review. Equations throughout the book provide computational
solutions to different sound system design fundamentals.

The book topics are arranged in a logical sequence as occurs when designing a sound
system. Many topics covered in this book are not addressed in other books,
including: (1) assistive listening systems; (2) the six major sound system types; (3)
design team planning responsibilities; (4) system documentation; and (5)
architectural, electrical, and mechanical system infrastructure. The book material is
too long for use in less than a three credit hour semester course. Instructors may wish
to use portions of this book based on their particular course emphasis: (1) sound
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Systems overview and architectural installation factors (Chapters 1, 2, and 7% (2)
design team planning and system specification (Chapters 1, 2, and 6); and (3)
detailed design, engineering, and testing at the equipment component and system
levels (Chapters 3, 4, and 5).

Chapter 1 introduces the functions of sound systems, basic room acoustical
considerations, design responsibilities, and performance criteria. Chapter 2 covers
basic sound system types and applications (voice reinforcement, music
reinforcement, paging, communications, emergency announcement, language
interpretation, sound masking, teleconferencing, assistive listening, audio for video,
cinema, and room acoustical enhancement systems). Chapter 3 describes sound
system equipment including microphones, line level sources, mixing and signal
processing devices, computer and digital signal processing, power amplifiers,
loudspeakers, assistive listening devices, and production intercoms. Chapter 4
addresses sound system design and installation practices both at the system level
(calculations of gain, sound level coverage, and speech intelligibility), and at the
equipment component level (installation of microphones, system electronics,
loudspeakers, and equipment racks), concluding with system configurations to avoid.
Chapter 5 examines requirements for testing and adjusting installed sound systems.
Chapter 6 reviews sound system documentation for the design, bidding, and
installation phases. Chapter 7 provides information on sound system support spaces
(equipment rooms, control rooms, and mixing positions), equipment installation
(loudspeaker and microphone locations and rigging), electrical systems (power loads,
conduit, grounding, cables and connectors, and codes), and HVAC systems
(equipment heat loads). Additional technical topics are included at the end of each
chapter to provide a more detailed understanding of selected concepts covered in the
text. Appendix A provides a survey checklist to identify different sound systems in
buildings. Appendix B lists references and other sources of technical information on
sound systems design. Appendix C is a glossary of the italicized terms used in the
text.

The author would appreciate receiving comments on the book, including topics to
cover in future editions, and being notified of any errors, inconsistencies, and
problems which the reader has encountered. Every attempt has been made to check
the technical validity and typography of the book contents, however some errors may
have occurred.

Neil Thompson Shade

Acoustical Design Collaborative, Ltd
Falls Church, VA USA

email: neil@akustx.com

June 2001
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hen the eminent acoustician Vemon
Knudsen wrote the introductory statement, the use of sound systems in public
assembly spaces was just beginning. Twenty years earlier Lee de Forest patented the
three-element “Audion” vacuum tube, making electronic sound amplification
possible, the public was first exposed to sound amplification during the 1920
presidential conventions, and in 1927 the first “talkie” motion picture (Al Jolson’s
The Jazz Singer) appeared. For its time, the technological achievement of electronic
sound systems, culminating in amplified dialog and sound effects for motion
pictures, has been compared equal to the efforts of putting man on the moon some 40
years later. Basic research between 1912 and 1932 led to the development of the
fundamental sound system building blocks (cardioid microphone, coaxial
loudspeaker, compression driver, condenser microphone, cone loudspeaker,
electronic crossover, feedback amplifier, folded horm foudspeaker, muiti-cell hom
loudspeaker, and stereophonic sound) which are still in use today, albeit with refined
technologies.

This chapter will provide the reader with background information on sound systems
including use and application, basic room acoustics, planning and design
considerations, and general performance objectives.

1.1 When Sound Systems Are Required

A sound system is necessary when unamplified sound levels or acoustical conditions
are not adequate to provide individuals with good listening conditions. Sound
systems are recommended in all public assembly spaces such as amphitheaters,
arenas, auditoria, conference rooms, courtrooms, houses of worship, lecture halls,
legislative chambers, and stadia, particularly if these facilities are to be used by
inexperienced talkers.
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Factors that may determine the need for a sound system are described below.

1. Room Size: The source sound level at the listener (receiver) will vary
as a function of the room size and the distance between the source and
receiver. Unamplified sound levels may not be sufficiently loud at all
locations in the room if one or more of the following conditions exist:
(1) the audience capacity exceeds 350; (2) the room volume is larger
than 50,000 ft3; (3) the distance between source and farthest receiver
exceeds 50 ft (indoors) or 25 ft (outdoors); or (4) the receiver is located
behind or beyond 70° horizontally from the source.

2. Room Acoustical Properties: The room acoustical properties may not
be appropriate for all program types that occur in the space. The room
reverberation time may be too long (exceeding 1.6 s), early reflections
from room surfaces may not be strong enough to increase unamplified
source sound levels, sound reflections from remote room surfaces may
result in echoes at the receiver location, or the reverberant sound level
may be too high.

3. Ambient Noise Levels: The ambient noise levels may be excessive,
greater than Noise Criterion (NC) -40 indoors and 55 deciBels
A-weighted [dB(A)] outdoors, making listening conditions difficult
due to sound masking effects.

4. Program, Artistic, or Signal Transmission Requirements: Specific
needs for playback of prerecorded media, archival recording, special
performance or artistic sound effects, transmission of signals to remote
locations, and amplification for hearing-challenged individuals may be
necessary.

1.2 Room Size

The room size has a direct correlation on the source sound level at the receiver’s
location. Sound levels will be less in large rooms or as the distance between the
source and receiver increases. The suggested limits, before using sound
reinforcement, of an audience capacity greater than 350 and a room volume in excess
of 50,000 ft? covers most public assembly spaces. In these spaces the audience and
the seats provide the majority of the room sound absorption. Thus, assuming the
room volume remains constant, larger seating arecas will have greater sound
absorption, which will result in lower reverberant sound levels in the space.
Typically, for each doubling of the audience seating area, the reverberant sound level
will decrease approximately 3 dB(A). To make up for the loss of reverberant sound
level requires doubling the performance ensemble size or doubling the number of
amplified loudspeakers in the room.

1-2
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One way to estimate the amount of sound absorptive material in a space is to use the
room constant (R) which gives the effective absorption in terms of an equivalent area
of totally absorptive material. The value of R can be calculated using the following

equation:
R = _SE: (1.1)
1-a
where,
R is the room constant, {2
S is the room surface area, ft*
o 1s the average absorption coefficient of finish materials, dimensionless

(See Technical Notes, Section 1.4, at the end of this chapter, for additional
information on the room constant.)

As the distance between the source and receiver increases, the direct sound level
decreases. In its most simple form, a sound source can be approximated as a point
source which radiates spherically from its origin. The direct sound level decreases 6
dB per doubling of distance from the source (inverse-square loss).

1.3 Room Acoustical Properties

Requirements for a sound system are directly related to the acoustical properties of
the space. A sound system is an information transferal mechanism and is not a
substitute for good room acoustical design. The quality of signal transmission
between the source and listener can be significantly improved by a sound system
only when it is matched to the room acoustical properties.

Room reverberation is the prolongation of sound, due to a multiplicity of reflections
from the room surfaces. It can be viewed in terms of duration (time) or magnitude
(level). The reverberation time (Ty) is the time in s for the sound to decay 60 dB
from its original intensity once the sound source has stopped radiating. A variant, the
early decay time (EDT), is the decay over the first 10 dB extrapolated to 60 dB and
provides a more accurate assessment of the perceived reverberation in a space. The
premise with EDT is the listener perceives only the first part of the reverberant decay
and the latter reverberant decay is masked by the “running” program material. The
magnitude of the reverberant level expressed in dB quantifies the reverberant sound
“loudness.” Larger rooms, or ones with little acoustical absorption, will have a longer
reverberation time and a greater reverberant sound level than smaller or more
acoustically absorptive rooms.

Acoustical réquirements for speech and music are in opposition, with music requiring
greater reverberation than speech, both in duration and magnitude. Reverberation
degrades speech intelligibility but enhances the blending of musical sounds. Table
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1-1 provides design Tg, target values for different space types based on the average of
the 500 and 1,000 hertz (Hz) octave frequency band Tg, values.

TABLE 1-1. Reverberation Times for Indoor Spaces

Space Type Average Tgg Tgo Range (Low - High)
Churches (Contemporary Worship) 1.3 09-16
Churches (Liturgical Worship) 3.0 20-40
Cinemas 0.9 0.5-1.3
College Classrooms 0.7 04-1.0
Conference Rooms 0.7 0.4-09
Courtrooms and Civic Facilities 0.8 0.6-1.1
Drama Theaters 1.0 08-1.2
Elementary School Auditoria 1.1 09-14
High School Auditoria 1.8 1.3-19
Hotel Balirooms 1.3 1.0-186
Lecture Halls 0.9 0.7-1.2
Mulfi-Purpose Auditoria 1.7 14-19
Qpera Houses 1.6 1.3-1.8
Recital Halls 1.6 14-17
Sports Arenas and Gymnasia 2.5 20-3.0
Symphony Halls 2.0 1.8-2.2

The reverberation time can be calculated knowing the room volume, the surface
areas, and the room finish material sound absorption coefficients. The equation
which is used most frequently and has application to a wide variety of rooms is the
Sabine equation, first developed by Wallace Clement Sabine in 1898. The value of
T, using Sabine’s procedure can be calculated using the following equation:

Te = M (1.2)
A

where,

Te is the reverberation time, s

Vv is the room volume, ft?

A is the sound absorption of room finish materials, sabins
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The value of A can be calculated using the following equation:

A = Z8,0; (1.3)
where,

A is as above

S; is the surface area of each individual room finish material, {2

o is the sound absorption coefficient of each individual room finish

material, dimensionless

Normally, Tgy and A are calculated in six octave frequency bands (125, 250, 500,
1,000, 2,000, and 4,000 Hz).

(See Technical Notes, Section 1.B, at the end of this chapter, for additional
information on reverberation time equations.)

The rate of normal conversational speech articulation is three to five syllables per
second. Thus, it can be seen that room reverberation causes overlapping of speech
syllables as words do not fully decay to inaudibility before successive words are
spoken. This overlapping of speech syllables degrades speech intelligibility.
Fortunately, there are sufficient contextual cues in sentence structure enabling speech
to be reasonably understood in spaces having a reverberation time up to
approximately 1.6s. Individuals with age-related high-frequency hearing loss
(presbycusis), children less than 12 years old, or individuals who are not fluent in the
country’s native language require a lower reverberation time, on the order of less than
0.6 s, to realize good speech intelligibility.

Sound reflections from room surfaces which arrive at the listener’s location can
interfere with the direct sound from the source resulting in frequency selective
cancellation, image shift, or perceived echoes. Relative to the direct sound, high
amplitude secondary reflections of the sound within 2 dB, or time delayed greater
than 35 ms, will impair speech intelligibility. Figure 1-1 provides general guidelines
on the subjective audibility of reflected sound and its implications to speech
intelligibility.

1-5
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FIGURE 1-1. Integration of sound and speech intelligibility as a
function of the delay and level of the secondary source compared to
the primary source. Zone 1: full integrafion, intelligibility increases;
Zone 2: full integration, intelligibility increases but image shifts; Zone 3:
delayed sound heard as echoes, intelligibility impaired; and Zone 4.
delayed reftected sound adds to direct sound, intelligibility increases.
Data after Mapp.

Indoors, the listener receives a combination of direct sound from the source and
reflected (reverberant) sound from the room surfaces. The direct sound level
decreases with distance as outdoors, however beyond the critical distance (D¢) of the
room, the reverberant sound dominates. At D¢ the direct and reverberant sound are
equal in magnitude. Listeners within D¢, close to the sound source, hear more direct
than reverberant sound. When remote from the sound source, listeners are beyond
D, and hear more reverberant than direct sound. The value of D can be calculated
using the following equation:

D. = 0.14/QR (1.4)
where,

D¢ is the critical distance, ft

Q is the source directivity factor at a given frequency, dimensionless

R is as above '

The direct sound level should be greater than the reverberant sound level, i.e., the
direct-to-reverberant (D/R) ratio must be high to achieve good speech intelligibility.
The directional properties of actual sound. sources are more complex than the
simplified point source model. One primary objective in sound system design is to
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!

select loudspeakers with directional properties that radiate sound only to the
audience, while minimizing radiation to the room surfaces, thus controlling the
reverberant sound level. Manufacturers have developed a wide variety of
loudspeaker types with different directional properties to achieve this goal.

1.4 Ambient Noise Levels

Ambient noise at the receiver will affect the perceived sound source loudness. The
mdoor ambient noise is often controlled by the HVAC system, although audience
noise or sound transmitted into the room from other locations, may also be present.
Outdoors, the primary noise sources are aircraft, vehicles, wind, and insects.

The source sound level and the ambient noise level can be considered a signal-to-
noise (S/N) ratio relationship where the signal (source program) competes with
ambient noise at the listener’s location. Depending on the frequency content of the
noise, sound masking of speech consonants can result, making program
comprehension difficult. Clearly, increasing the source sound level or decreasing the
ambient noise level will improve the S/N ratio, thus raising speech intelligibility.

Indoor noise 1s most commonly evaluated using the NC level metric which provides
a single composite number rating of noise in the octave frequency bands between 63
and 8,000 Hz. The space NC level value is compared to accepted guidehnes for
various space types. Noise levels which exceed NC-40 are judged to be moderately
loud and a sound system is often required to provide an adequate signal level to the
listeners. Table 1-2 summarizes recommended maximum ambient noise levels for
different space types exclusive of audience and activity noise.

1-7
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TABLE 1-2. Maximum Ambient Noise Levels (NC) for Indoor Spaces

Space Type NC Range

Churches (Contemporary Worship) 25- 30
Churches {Liturgical Worship) 20-25
Cinemas 30-35
Coliege Classrooms 30-35
Conference Rooms 25-30
Courtrooms and Civic Facilities 25-30
Drama Theaters 20-25
Elementary and High School Auditoria 25-30
Hotel Ballrooms 35-40
Lecture Halls, no sound amplification 25-30
Lecture Halls, sound amplification 30-35
Multi-Purpose Auditoria 2025
Opera Houses 15-20
Recital Halls 20-25
Sports Arenas and Gymnasia 45- 50
Symphony Halls <15

Outdoor noise levels are quantified using 4-weighted sound levels [dB(A)]. Typical
long-term outdoor noise levels range between 45 and 70 dB(A) for suburban and
urban locations not directly adjacent to major noise sources such as transportation or
industrial facilities. Table 1-3 summarizes acceptable maximum ambient noise levels
for different outdoor facilities exclusive of audience and activity noise.

TABLE 1-3. Maximum Ambient Noise Levels [dB(A)] for Outdoor Facilities

Space Type dB(A) Range
Amphitheaters <35
Courtyards 55 -65
Race Tracks 70 - 80
Stadia 65-75
Swimming Pools 60-70
Tennis Courts _ 55-65
Thema Parks 60-70
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1

The need for a sound reinforcement system can be determined from knowledge of the
source sound power level, room size, acoustical properties, distance between source
and recetver, and the ambient noise levels. An example is worked out below for both
indoor and outdoor conditions.

(See Technical Notes, Section 1.C, at the end of this chapter, for additional
information on computing sound levels.)

1.4.1 Indoor Condition

A large college classroom has dimensions of 50 ft long, 50 ft wide, and 20 ft high
(V =150,000 ft*) with an audience capacity of 350 (o = 0.80 and S = 3,000 fi?), and
minimal sound absorption from the other room finish materials (o = 0.20). The
ambient noise level is NC-40. The sound power level for an unamplified talker using
a “loud” vocal effort is approximately 79 dB(A).

Using equation 1.G, the maximum indoor distance between talker and listener
(r = 50 ft), and the directivity factor of the human voice (Q = 2) yields a direct sound
level of 47.4 dB(A). The direct sound level is only 0.4 dB(A) above the equivalent
NC-40 noise level [47 dB(A)].

Using equations 1.3 and 1.1, the above room dimensions, acoustical properties, and
vocal effort yields a reverberant sound level of 59.6 dB(A).

The total sound level at the listener due to the direct and reverberant sound levels will
be 59.9 dB(A) and is controlled by the reverberant sound level. The total level is 12.9
dB(A) above the maximum ambient noise level. Good design practice would provide
a source sound level at the listener a minimum of 25 dB(A) above the ambient noise
level. In this example a 72 dB(A) amplified sound level would be required
[47+25 dB(A)]. Since the unamplified voice level is 12.1 dB(A) less than the ambient
noise plus 25 dB(A) level, the use of a sound reinforcement system is recommended
to improve listening conditions.

(See Technical Notes, Section 1.D, at the end of this chapter, for additional
information on maximum sound system levels for indoor spaces.)

1.4.2 Qutdoor Condition

An outdoor courtyard 1s to have a small performance stage. The maximum distance
between talker and listener is 35 ft. The ambient noise level is 55 dB(A). At the
limiting distance of 25 ft, beyond which a sound reinforcement system is necessary,
the direct sound level will be 54.6 dB(A) using equation 1.G and a loud vocal effort.
Note that outdoors there will be little reflected sound and hence no reverberant sound
to increase the total sound level at the receiver. The unamplified sound level at the
receiver will be 0.4 dB(A) less than the ambient noise level and 25.4 dB(A) less than
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the recommended ambient noise plus 25 dB(A) level. Therefore, a sound
reinforcement system is recommended to improve listening conditions.

Combining sound levels from multiple sources, such as the direct and reverberant
sound levels above, is based on logarithmic, not arithmetic, addition. Table 1-4 can
be used to determine the combined sound level from two sources, such as a
loudspeaker and talker’s direct sound level arriving at a listener.

TABLE 1-4, Addition of Sound Levels

Difference in Sound Value to Add to Higher
L.evels, dB Sound Level, dB
Oto1 3
2103 2
4108 1
=9 0

When more than two levels are to be combined, the sum of the first two sound levels
should be determined using Table 1-4. This value is then combined with the third
sound level to arrive at a new combined sound level. The technique is repeated for
each remaining sound level to arrive at the final sound level.

1.5 Program, Artistie, or Signhal Transmission Requirements

Sound systems are often needed to satisfy special program, artistic, or signal
transmission requirements which the listeners may not be aware of.

Playing back and recording programs are often required in educational,
governmental, public assembly, music, and theatrical events. Prerecorded sound
effects are often played back as part of dramatic and musical productions. Recording
of proceedings for archival purposes is common in civic and legislative sessions.

Sound systems, in particular sound reinforcement, may not be desired for certain
program types, due to the nature of the performance, artistic and audience
expectations, and other factors. Solo instrumental and vocal recitals, chamber and
orchestral miusic, choir, and small scale drama normally do not use sound
reinforcement when performed indoors, but may make use of recording, special
sound effects, and assistive listening systems. When performed outdoors, these
programs almost always use sound reinforcement due to the lack of acoustically
reflecting surfaces, higher ambient noise levels, and often larger audience seating
areas.
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Transmission of proceedings via press feeds, remote broadcast, satellites, and
teleconferencing are common as part of civic, educational, and sports events. These
audio signals can be distributed to other remote sound systems for real time playback
or recorded for archival purposes. Individuals with impaired hearing can use a fixed
or portable assistive listening system (ALS) to improve their localized listening
conditions to satisfy the requirements of the Americans with Disabilities Act (ADA).

1.6 Planning and Pesign Considerations

Sound systems require planning to meet user requirements, integrate the equipment
in the room, coordinate details with other design professionals, and review the
contractor’s installation. Individuals and their interaction in the design of sound
systems are summarized below.

1.

User: Will have responsibility to describe the desired sound system
functional and performance features, requirements for operational
control, needed tie-ins with other building systems, available
architectural and electrical provisions, restrictions for incorporating
the sound system into the space, financial budget for system design
and procurement, and future system expansion plans.

Acoustician or Sound System Designer: Will have responsibility to
design and specify the sound system to suit the user’s requirements,
provide guidance to other design professionals on integration of the
sound system with their specific areas of responsibility, develop
equipment budget, assist the electrical and sound system contractors
with installation details, and approve the electrical and sound system
contractor’s work. '

Architect: Will be concerned with the type, placement, support, and
integration of the loudspeakers in the space, location of audio control
and equipment rooms, location of audio/video receptacle plates, and
project budget.

Electrical Engineer: Will be concerned with the electrical power
circuits, conduit, junction and back box requirements, technical and
safety grounding, and possible interface with fire and emergency alarm
systems.

Mechanical Engineer: Will be concerned with the sensible heat load
produced by the sound system equipment so that adequate cooling can
be provided.

Structural Engineer: Will be concerned with the placement and
support of the loudspeakers in the space.

1-11



Electronic Sound Systems Design

7. Theatrical and Lighting Consultants: Will be concerned with how
the sound system equipment, particularly loudspeakers, impacts
rigging equipment, draperies, catwalks, and stage lighting positions.

8. Equipment Manufacturers: Will have responsibility to provide
standard and customized equipment as specified by the designers,
provide assistance to the designers and sound system contractor, and
develop specialized systems and software for control of the sound
systems.

9. Sound System Contractor: Will have responsibility to procure and
install sound system equipment as specified, perform equipment
adjustments and calibrations, prepare ecquipment operation/
maintenance manuals, train users in the system operation, and provide
warranty service.

10. Electrical Contractor: Will have responsibility to procure and install
electrical power circuits, conduit, junction boxes, pull boxes, back
boxes and other related building infrastructure needed for the sound
systems, and may in some cases, assist the sound system contractor in
pulling cable and installing ceiling loudspeaker back boxes.

The program plan outlined below is suggested to ensure that all design aspects and
installation of a sound system are covered by the responsible parties. The work items
in the program plan are subdivided into the standard architectural design phases:
(1) Schematic Design; (2) Design Development; (3) Construction Documents; and
(4) Construction Administration. While thorough in scope, not all work items listed
in the program plan may be required, particularly if a simple sound system is needed,
or if modifications to an existing sound system are to be provided.

The purpose of the Schematic Design phase is to meet with the client and users,
evaluate room acoustical conditions, develop general system design concepts,
establish preliminary financial budget, and prepare a concepts report for client and
user approval. The scope of work for the Schematic Design phase is described below.

1. Interviews: Conduct interviews to determine the range of program
types that require sound systems, needed equipment operational
features and capabilities, whether there will be a designated sound
system operator, and the financial budget for the sound systems.

2. Evalnate Room Acoustical Conditions: Determine room
reverberation time and level, presence of strong late-arriving room
reflections, and ambient noise levels either through acoustical
measurements, if an existing space, or through design calculations, if a
new space.

3. Determine Architectural and FElectrical Interface: Evaluate
requirements for audio control and equipment rooms, special
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architectural considerations to accommodate sound systems, conduit
routing, clectrical power services, and local Code requirements.

Develop System Design Concept: Using information from 1., 2., and
3., above develop general sound system design concepts which provide
operational features, electro-acoustical performance, and integrates the
equipment within the space considering both architectural aesthetics
and electrical service requirements. Particular attention should be paid
to the loudspeaker design concept and the location of the loudspeakers
in the room.

Develop Cost Estimate: Prepare a preliminary cost estimate for the
sound system equipment, installation, modification to architectural
elements, and electrical services related to the sound system.

Prepare Concepts Report: Summarize the results of user interviews,
room acoustical evaluation, describe proposed sound system design
concepts, necessary architectural and electrical modifications, and
estimated installation costs in a narrative report using layman’s
language. Obtain written approval of the report from the client and
users prior to proceeding with further design effort.

The purpose of the Design Development phase is to refine the sound system concepts
into a more comprehensive design establishing electro-acoustical performance, final
selection of equipment, determining electrical infrastructure for the sound systems,
calculating equipment heat loads, sizing of equipment rooms, and resolving
architectural issues related to the sound systems. The scope of work for the Design
Development phase is described below.

L.

System Performance Parameters: Determine required system and
equipment electro-acoustic performance parameters to include gain-
before-feedback, acceptable distortion, maximum sound levels, S/N
ratio, frequency response characteristics, signal delay requirements,
and speech intelligibility performance.

Select Equipment: Sound system equipment should be selected which
satisfies anticipated program types, user operational features and
capabilities, electro-acoustic performance criteria, and financial
budget.

Finalize Loudspeaker System Concept: Based on an evaluation of
the room acoustical properties, finalize selection of the loudspeaker
type(s) and location in the room for distributing sound to the audience.

Perform Calculations: Using standardized electro-acoustic
calculations, evaluate sound system gain-before-feedback, direct and

reverberant sound levels, and speech intelligibility for the selected

loudspeaker type(s). Perform acoustical modeling of loudspeaker
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coverage and speech intelligibility to determine optimum loudspeaker
placement and aiming.

5. Electrical System: Determine requirements for conduit, back boxes,
junction boxes, pull boxes, electrical power, and audio/video
receptacle plate locations. Develop sound system grounding
requirements. Provide marked-up drawings with the above information
to the project electrical engineer for incorporation into the electrical
system drawings.

6. HVAC System: Determine the sensible heat load produced by the
sound system equipment. Provide heat loads to the project mechanical
engineer to determine requirements for supplemental cooling.

7. Architectural Requirements: Determine size and location of support
spaces for the sound system to include equipment room(s), separate
audio control room, or a location in the audience seating area for the
sound system operator and main mixing console. Resolve architectural
issues relating to installation of loudspeakers. Provide marked-up
drawings with the above information to the architect for incorporation
into the architectural drawings.

8. Structural Requirements: Determine hanging and support of
loudspeakers from building structural members. Provide loudspeaker
aiming angles, dimensions, weights, and center of gravity information
to structural engineer to determine requirements for building structural
member reinforcement and support of loudspeakers.

9. Revised Cost Estimate: Develop a revised cost estimate which more
accurately reflects the anticipated installation costs for the sound
systems.

The purpose of the Construction Documents phase is to prepare drawings and
specifications describing the sound systems which are to be included in the project
bid documents. The scope of work for the Construction Documents phase is
described below.

1. Drawings: Prepare sound system drawings including block and signal
flow diagrams, technical grounding, installation details of
loudspeakers, equipment rack layouts, audio device receptacle plates,
and other drawings and schedules as necessary to show the
requirements for the installed sound systems. Show related sound
system infrastructure items on architectural, electrical, mechanical,
and structural drawings.

2. Specifications: Prepare standard three part sound system
specifications outlining conditions of contract, functional description
of the sound system, overall system performance, description of
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mdividual equipment component items, installation practices,
equipment adjustment, commissioning test procedures, and warranty
information. Include related sound system infrastructure items in
architectural, electrical, mechanical, and structural specifications.

Quality Control: Perform a general quality control review of
architectural, electrical, mechanical, and structural drawings and
specifications to verify that items relating to the sound systems have
been mcluded in these documents. Cross check sound system drawings
and specifications to correct errors and omissions.

The purpose of the Construction Administration phase is to assist in the bidding,
review shop drawings, interpret the construction documents, periodically review the
sound system installation, witness systems acceptance testing, provide training to

users, make final site inspection(s) for approving the contractor’s work, close-out of

the contract, and to provide follow-up services to the users. The scope of work for the
Construction Administration phase is described below.

1.

Bidding: Attend pre-bid conferences, evaluate electrical and sound
system contractor proposed substitutions, bid prices, and make
recommendation for contract award.

Shop Drawings and Construction Documents: Review electrical
and sound system contractor shop drawings and submittals, respond to
contractor inquiries, provide field coordination services, and aid in
interpreting the contract documents should a dispute arise.

Inspection and Acceptance Testing: Perform periodic site
mspections to review equipment and installation practices. Witness
system acceptance testing on the installed sound systems to verify
compliance with specifications and system design criteria.

Training: Review operation/maintenance manuals prepared by the
sound system contractor, and instruct users in sound system operation
and maintenance.

Installation Approval and Preject Close-Out: Upon completion of
the installation, commissioning tests, and user training perform a final
site inspection to determine compliance with the project drawings and
specifications. Notify the electrical and sound system contractors of
any sound system or other work items requiring correction or
replacement.

Follow-Up Services: Provide a follow-up site inspection
approximately six months after system installation to review user
operational concerns, make adjustments to the system, and provide
recommendations for future system enhancements,
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1.7 General Performanece Objectives

A sound system should augment the natural sound produced by the source and
provide a degree of naturalness so the listeners are not acutely aware of its presence.
Exceptions include popular music performance, contemporary worship, and musical
theater productions where the sound system is an integral part of the “show.” Factors
which determine the overall quality of sound system reproduction are described
below.

1. Loudness: The sound system should be loud enough to be heard over
the ambient noise levels and provide a high S/N ratio. In general,
excellent S/N ratio conditions will be achieved if the sound system
provides 25 dB(A) greater sound level than the ambient noise level. In
reasonably quiet ambient noise levels [less than NC-30 or 38 dB(A}] a
minimum total sound level of 63 dB(A) is adequate to provide good
listening conditions. Higher ambient noise levels, [NC-45 or 52
dB(A)] require minimum sound levels of 77 dB(A) for the same
listening conditions. Special music performance and sports facility
sound systems should provide the capability to reproduce sound levels
up to 105 dB(A). Sound levels above this threshold are not
recommended due to potential hearing damage to performers, system
operators, and audience members.

Note that the above sound levels and those in Table 1-A are for steady
state (continuous) conditions. Both speech and music are dynamic
signals and the sound level amplitude continuously varies. This
requires the sound system to provide short-term sound levels
(headroom) of 6 10 12 dB(A), with 10 to 15 dB(A) preferred, greater
than the steady state sound levels to reproduce dynamic program
signals with minimum distortion.

2. Direct-to-Reverberant Ratio: A sufficiently high D/R ratio is required
for good speech intelligibility, with a minimum value of -4 dB
necessary in the 500 to 4,000 Hz octave frequency bands. The D/R
ratio depends on the loudspeaker directivity factor (@), the number of
loudspeakers (N factor), the distance between the loudspeaker and
receiver (D, factor), and the room Tg. Achieving a high D/R ratio
below 500 Hz is difficult due to the omnidirectional radiation pattern
of most loudspeakers at low-to-mid-frequencies. The N factor should
be kept low, preferably no greater than 3, and the D, factor should be
limited to 50 ft.

3. Imtelligibility: The amplified sound quality should provide good
simulation of the unamplified signal. A high degree of intelligibility is
required for sound systems which amplify speech. Speech
intelligibility is -a - function -of frequency.. Figure 1-2 provides
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information on the percent contribution to speech intelligibility as a
function of frequency.

40

Intelligibility Contribution, %

500 1,000 2,000 4,600
Frequency, Hz

FIGURE 1-2. Percent contribution to speech intelligibility as a function of octave
frequency between 500 and 4,000 Hz. Note the predominance of the 2,000 Hz
octave frequency band which contributes 35 percent of speech intelligibility. Litte
speech intelligibility is contributed at below 500 Hz and above 4,000 Hz.

Speech intelligibility, in terms of the Percent Articulation Loss of
Consonants (YeALcons), provides a measure of the degradation of
speech consonants due to reverberation, sound reflections, and the D/R
ratio. The Yo ALcons assumes the S/N ratio is at least 25 dB. The metric
calculates the 2,000 Hz octave frequency band percent loss of
consonants, with O percent indicating no loss of consonants (perfect
intelligibility) and 15 percent indicating the maximum limit of
acceptability (poor intelligibility). A good rule-of-thumb is to design
for 5 to 10 percent ALcgxs. Achieving less than 5 percent ALcoys 1S
difficult unless the room is non-reverberant, the distance between
loudspeaker and listener is small, or very directional loudspeakers are
used.

Another speech intelligibility rating is based on the Speech
Transmission Index (STI) and its abbreviated version, the RApid
Speech Transmission Index (RASTI). This measurement evaluates the
degradation in speech amplitude modulation patterns by reverberation,
sound reflections, and ambient noise. The STI metric calculates the
modulation patterns in the 125 to 8,000 Hz octave frequency bands,
using voice modulation frequencies between 0.63 and 12.5 Hz. The
RASTI technique is similar, but is restricted to the 500 and 2,000 Hz
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octave frequency bands. A RASTI score of 1 would indicate no loss of
modulation patterns (perfect intelligibility) and 0 would indicate
complete loss of modulation patterns (zero speech intelligibility).

Other speech intelligibility metrics exist and all of the rating schemes
are highly correlated with one another. The % AL¢gns metric seems to
yield the most accurate results for sound systems when compared to
subjective speech mtelligibility evaluations.

Subjective speech intelligibility will depend upon the hearing acuity
and language development skills of the listener. Individuals with
reduced hearing acuity or poor language development skills will
require higher sound system speech intelligibility performance than the
general population. Note that sound systems with very high speech
intelligibility performance may still not be satisfactory for all
individuals. In such cases the only solution is for those individuals to
use an ALS.

Good sound system design practice would provide the minimum
objective speech intelligibility performance values listed below.

General Population: %ALcgns (10 percent or less) or
RASTI (0.52 or greater), resulting in subjectively “fair”
speech intelligibility conditions,

Reduced Hearing Acuity/Reduced Language Skills
Population: % ALcgys (5 percent or less), RASTE (0.65 or
greater), resulting in subjectively “good” speech intelligibility
conditions.

(See Technical Notes, Section 1.E, at the end of this chapter, for additional
information on Yo Al.cons and RASTL)

4. Directional Realism: Subjective directional realism is a function of
both auditory and visual cues. The sound from the loudspeakers should
appear to come from the original source location, even if the
loudspeakers are remote from the source. This is achieved when the
unamplified source sound arrives at the receiver first, followed by the
amplified sound within approximately 35 ms. Loudspeakers should not
be placed behind the listeners, as the audible cue will be from behind
while the visual cue will be from the front. The split visual and hearing
perception cues will be confusing.

5. Frequency Response: The sound system frequency response should
be similar to the sound source. Speech reinforcement systems have
lesser requirements than do music reinforcement systems. As a

- minimum, a frequency response between 300 and 4,000 Hz is required
for low-quality speech reinforcement systems, but a response between
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150 and 8,000 Hz is recommended for improved quality reproduction.
Selective frequency boosting in the 2,000 to 4,000 Hz octave
frequency bands can improve speech intelligibility. Music systems
require a minimum frequency response between 80 and 10,000 Hz for
realistic reproduction but an extended response between 25 and 15,000
Hz may be required for certain types of music, such as symphonic or
electronically synthesized compositions.

Distortion: Various types of distortion (harmonic, intermodulation,
and slewing rate) are generated by sound system equipment,
particularly when equipment is operated at conditions approaching or
beyond intended design limits. Fortunately, the human hearing
mechanism is reasonably tolerant of most distortions. Low-to-
moderate levels of harmonic distortion, generally less than 3 percent at
the full power output of the equipment, are not objectionable to most
listeners. Subjective loudness will increase with harmonic distortion.
Odd-order harmonic distortion and ali forms of intermodulation
distortion are subjectively more audible. Harmonic distortion at lower
frequencies can result in excess power generated at higher frequency
harmonics which can be passed on to the individual drivers in a
loudspeaker system, resulting in damage. Note that sransducers, such
as loudspeakers and microphones, produce significantly greater
distortion than electrical components such as amplifiers, mixers, and
signal processors.

Dynamic Range: The range of unamplified sound levels between the
softest and loudest signals may approach 45 dB for speech and 90 dB
for certain types of music. This requires the sound system be able to
reproduce high sound levels without distortion and low sound levels
without self-noise. Contrary to intuition, most amplified popular music
exhibits less dynamic range than unamplified classical-type music.
Figure 1-3 provides information on sound levels and dynamic range
for different music types.
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FIGURE 1-3. Typical sound levels [dB(A)], low-to-high, at 10 ft away
for common music sources. The source dynamic range is the
difference between the high and low sound levels,

Spurious Noise: The sound system electrical equipment should not
produce excessive inherent self-noise, be susceptible to pick-up of
electro-magnetic noise, or result in audible grounding “hum” or
“buzzing.” Loudspeakers should be properly installed to prevent rattles
or secondary radiation from the building structure, lights, or ductwork
when played at high sound levels. The self-noise of the sound system
electrical equipment should be a minimum of 60 dB below the
reproduced signal level.

Feedback: Feedback 1s the regeneration of sound between a
microphone and a loudspeaker. It occurs when the loudspeaker sound
reaching the microphone is greater in level than the source sound
reaching the microphone. Feedback can be of either a low-level type,
resulting in an audible “hollow” quality to the reproduced sound, or a
high-level type, resulting in loud “howling™ or “squealing.” Feedback
can result in damage to equipment and potential hearing damage. The
sound system gain is limited by feedback. Typical causes of feedback
include: (1) too great a distance between the microphone and the
talker; (2) too small a distance between the microphone and
loudspeaker; (3) a microphone in the radiation pattern of the
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loudspeakers; (4) poor loudspeaker directional control; (5) uneven
microphone frequency response characteristics; or (6) room sound
reflections picked-up by the microphone.

1.8 CGhapter Summary

This chapter has provided the reader with information on use and application of
sound systems, basic room acoustic fundamentals that affect sound system
performance, requirements for planning and design, and sound system performance
criteria.

Sound systems are widely used in a variety of buildings. The expectation of “good
acoustics” makes sound system use mandatory in almost all public assembly spaces.
The sound system must be designed specifically for the space to optimize electro-
acoustic performance, maintain aesthetics, and integrate with architectural and
electrical systems. The sound system performance will depend upon the type of
program(s) the system is to serve and the acoustical characteristics of the space.
Studies have developed a range of objective and subjective performance criteria
which are used as benchmarks to evaluate sound systems. Careful design and
installation coordination with architects, engineers, and contractors is necessary for a
successful sound system.

The next chapter will cover the major types of sound systems encountered by the
architect and sound systems designer, along with the general application and design
requirements for these systems.
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1.9 Technical Notes

1.A Modification of the Room Constant

Acoustician George Augspurger has proposed a modified room constant (R")
accounting for the directional properties of a loudspeaker when aimed at the audience
seating area. Here, the primary sound reflection will be much less, due to the highly
sound absorptive audience, compared to the general case of an omnidirectional
source radiating sound in the same room, which is the basis of equation 1.1. Since
less acoustical energy is available for subsequent sound reflections when a
directional loudspeaker is aimed at an audience, the overall level of reverberant
sound will be less than in the general case. When directional loudspeakers are used,
the Augspurger-modified room constant equation will yield more accurate results.
The value of R” can be calculated using the following equation:

R' = Sa (1.A)
i-a,

where,

R’ is the modified room constant, ft?

S is the room surface area, ft2

a is the average absorption coefficient of room finish materials,

dimensionless
O, is the absorption coefficient of audience seating area, dimensionless

1.B Limitations of the Sabine and Other Reverberation Time Equations

While the Sabine reverberation time equation is commonly used due to its
mathematical simplicity, the calculated results may not have good agreement with
reverberation time measurements in the completed room. This can be attributed to the
rooms which Sabine evaluated and the underlying assumptions in which the equation
was developed. These include:

1. Statistically diffuse reverberant field.
2. Moderately long reverberation time, greater than approximately 1.6 s.

3. Low value of A with absorption evenly distributed throughout the
room.

4. Room volume greater than 2,500 ft3.

5. “Regularly” shaped rooms in which both the length and width
dimensions are less than five times the height.
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Since 1930, other acousticians have developed modifications to the Sabine equation
in order to overcome some of the limitations when the above room conditions are not
satisfied. The two most comumonly used equations are those developed by Eyring and
Fitzroy.

Eyring recognized that the Sabine equation can compute a finite reverberation time
for a room in which all of the surfaces are totally absorptive and his modified
equation accounts for this anomaly. The Eyring reverberation time equation has been
developed based on the following assumptions:

1. Moderately short reverberation time, less than approximately 1.6 s.

2. High value of A with absorption evenly distributed throughout the
© room.

3. Room volume less than 2,500 fi3.

The Tg value from Eyring’s procedure can be calculated using the following
equation:

0.049V

= — 1.B
“SIn(1-a) a5

60E

where,
Tee  1s the Eyring reverberation time, s

V is the room volume, ft?
S is the roont surface area, fi2
o is the average absorption coefficient of room finish materials,

dimensionless

An additional complication with the Eyring equation 1s the need to convert the sound
absorption coefficients, normally derived from reverberation room measurements
using the Sabine equation, into Eyring sound absorption coefficients. The value of &
can be converted into the Eyring@ using the following equation:

a, = 1—-e* (1.C)

where,

. is the Erying average absorption coefficient of room finish materials,
dimensioniess

o is as above

Fitzroy recognized differences in calculated and measured reverberation times when
the acoustical finish materials were not evenly distributed in the room. This is often
the case in rooms in which the ceiling and floor surfaces are highly absorptive and
the walls have little absorption. In such a room the axial room modes between the
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floor and ceiling surfaces will dissipate faster than the axial room modes between the
two opposite pair of walls. The value of T from Fitzroy’s procedure can be
calculated using the following equation:

Teor =

where,

pod
2
=

"

e

> P N !

z

2 2 2
0.049V _)5__!_1_ + Z (4.0)
St LA, A, A,

is the Fitzroy reverberation time, s

is as above '

is as above

is total area of parallel room surfacesx direction, ft?

is total area of parallel room surfacesy direction, ft*

is total area of parallel room surfacesz direction, fi*

is total absorption of parallel room surfacesx direction, sabins
is total absorption of parallel room surfacesy direction, sabins
is total absorption of parallel room surfacesz direction, sabins

Often the measured room reverberation time will be longer than the calculated
reverberation time using either the Sabine or Eyring equations. In these cases, better
agreement between measured and calculated values can be obtained using the Fitzroy

equation.

1.C Inverse Square Law, Direct Sound Level, and Reflected Sound Level

Each time the distance from a point source is doubled, the area of the spherically
radiating sound is quadrupled resulting in one-fourth the sound intensity (I) and a 6
dB decrease in level. Sound intensity is a measure of the acoustic power (W) in
acoustic watts which flows through a given area. For an omnidirectional (spherical)
source, the value of I can be calculated using the following equation:

I = 10.76[ w ] (15
(4mr?)

where,

I is the sound intensity, W/ft?

W is the source sound power, acoustic watts re 10-*? watt

r is the distance from the source, ft

10.76 is a constant

In equation 1.E, I is inversely proportional to the square of r, hence the “inverse-
square” relationship. ' ' '
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The sound level (1) at a specified distance can be computed using the inverse square
relationship. To do this requires the concept of a reference sound level (Lggp) at a
reference distance (rggp) from which L can be determined. The distance loss is
independent of frequency and occurs where free field conditions exist. These
conditions arise outdoors in the absence of reflecting surfaces and indoors for the
direct sound path. The value of L can be calculated using the following equation:

L = Lggr— 2010gm[L:| (1.F)
YReF

where,

L is the sound level at distance r, dB

Lger 15 the reference sound level at distance rggp, dB

r is the distance at which the sound level is to be calculated, ft

reer 1S the reference distance, ft

The direct and reverberant sound levels can be computed for a given indoor distance.
The direct sound level depends on W, r, and Q, while reverberant sound level
depends only on A. The value of the direct sound level (L;) can be calculated using
the following equation:

Ly = Ly —20log,,(r) + 10log,(Q) - 0.6 (1.G)
where,

Ly is the direct sound level at distance r, dB

Ly is the source sound power level, dB

r 1s as above

Q is the source directivity factor, dimensionless

0.6 is a constant

Equation 1.G has introduced the term Ly, which is a ratio of the sound power of a
source to a reference sound power. The value of Ly can be calculated using the
following equation:

W
Ly = 1010g10[ :l (1.H)
Weer
where,
Ly is as above
A% is as above

Wieer s the reference sound power, 10-1? acoustic watts
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The value of the reverberant sound level (Lg) can be calculated using the following

equation:
Lz = Lw—10log,(A) + 16.3 (1.1)
where,
Ly is the reverberant sound level, dB
L is as above
A is the sound absorption of room finish materials, sabins

16.3 is a constant

1.D Indoor Sound System Levels

Maximum continuous sound levels for sound systems are based on the space type,
ambient noise levels, source sound levels, and audience expectations for amplified
sound levels. Table 1-A provides guidelines on maximum continuous sound levels
for different space types, exclusive of headroom factors.

TABLE 1-A. Maximum Sound System Levels [dB(A)] for Indoor Spaces

Space Type dB(A) Range
Churches 100 - 105
{Contemporary Worship)

Churches 75- 80
{Liturgical Worship)

Cinema 95-100
College Classrooms 70-75
Conference Rooms 70-75
Courtrooms and Civic 70-75
Facilities

Drama Theaters 80 -85
Elementary and High School 85-90
Auditoria

Hotel Ballrooms 80-85
Lecture Halls , 75- 80
Multi-Purpose Auditoria 100 - 105
(Music)

Multi-Purpose Auditoria 80-85
(Speech)

Opera Houses 80-95
Sports Arenas and 100 - 105
Gymnasia
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L.E Relationship Between RASTI and Alq-gng

Various speech intelligibility metrics are highly correlated since they often are
derived from common acoustical conditions. In 1986, Farrel Becker developed a
mathematical relationship between % ALcons and RASTI scores based on a series of
objective and subjective speech intelligibility tests. Table 1-B provides a summary of

these scores and the perceived speech intelligibility quality.

TABLE 1-B. Relationship Between Subjective Intelligibility, RASTI, and %ALcons

ieigoiiny | RASTI | BAteows | | jiciiin, | RASTI | %ALoous

0.20 57.7 0.66 4.8
0.22 51.8 0.68 4.3
0.24 46.5 0.70 3.8

BAD 0.26 41.7 0.72 3.4
0.28 37.4 6.74 3.1
0.30 33.6 GOOD 0.76 2.8
0.32 30.1 0.78 25
0.34 27.0 0.80 2.2
0.36 24.2 0.82 2.0
0.38 21.8 0.84 1.8
0.40 18.5 0.86 1.6

POOR 0.42 17.5 0.88 1.4
0.44 15.7 0.90 1.3
0.46 14.1 0.92 1.2
0.48 12.7 EXCELLENT 0.94 1.0
0.50 1.4 0.96 0.9
0.52 10.2 0.98 0.8
0.54 9.1 1.0 0.0
0.56 8.2

FAIR 0.68 74
0.60 6.6
0.62 5.9
0.64 53
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“Sound systems is a term used to designate all manner of sound
reproducing  systems as follows: public address, sound
reinforcing, electric  megaphone, intercommunicating,
announce, paging, and call systems. In general, most of these
systerns involve microphones, amplifiers, and loudspeakers

arranged in different ways to accomplish the desired results.”

Olson, Chapter 13, Acoustical Engineering, Van Nostrand
Company, New York, NY (1957).
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kgound systems can be designed to serve a wide
variety of functions, program types, and spaces. They can fulfill a single purpose,
such as voice reinforcement for a house of worship, or be multi-purpose and provide
voice reinforcement, archival recording, evidence playback, language translation,
audio for video, and speech privacy sound masking for a courtroom.

It is convenient to group sound systems into three general categories: (1) sound
reinforcement; (2) sound distribution; and (3) sound reproduction. These categories
can be further subdivided based on specific sound system functional features. Sound
reinforcement systems are used for amplification of the spoken word and music
during presentations and performances. Sound distribution systems provide paging,
communication, emergency announcemient, language translation, teleconferencing,
press feeds, and assistive listening capabilities. Sound reproduction systems record or
playback audio media in video and cinema installations, distribute background
music, provide speech privacy sound masking, and enhance room acoustical
properties.

This chapter will provide the reader with an overview of the functional and
operational requirements of these various sound systems.

2.1 Sound Reinforcement Systems

Sound reinforcement systems amplify the sound level of speech, singing, or music
produced by a talker or performer located in the same space as the audience. These
systems can be subdivided into voice and music reinforcement systems.

The basic components of a sound reinforcement system comprise microphones (to
convert acoustical signals to electrical signals), signal processing equipment (to mix
different signal sources, alter frequency characteristics, or provide signal distribution
and routing), amplifiers (to increase the signal level), and loudspeakers (to convert
electrical signals to acoustical signals).
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2.1.1 Voice Reinforcement Systems

Voice remforcement systems amplify the spoken word so the message can be heard at
distances beyond which unamplified speech would be inadequate for the listener.
These systems are used in virtually all public assembly spaces and are usually
permanently installed in the space. High quality equipment and installation practices,
particularly in selecting and locating the loudspeakers relative to the talker and
audience locations, are essential o achieve good performance characteristics from
voice reinforcement systems.

2.1.2 Music Reinforcement Systems

Music reinforcement systems function similar to voice reinforcement systems but
usually provide greater sound levels and wider frequency response characteristics.
These systems are restricted to auditoria, amphitheaters, arenas, worship houses, and
similar spaces and may be either permanently installed or serve as a temporary
“touring” system used by performers specifically for their show. High quality
equipment, installation practices, and operator control are required to achieve good
performance characteristics from music reinforcement systems.

2.2 Sound Distribution Systems

Sound distribution systems enable speech, music, or public warning signals to be
distributed to listeners in the same location as the source or to spaces remote from the
point of signal origination. These systems can be subdivided into paging,
communication, emergency announcement, language translation, teleconferencing,
press feeds, and assistive listening systems.

The basic components of a sound distribution system are similar to the sound
reinforcement system except signal sources can comprise microphones or
prerecorded audio media.

2.2.1 Paging, Communication, and Emergency Announcement
Systems

Paging, communication, and emergency announcement systems provide distribution
of voice or alarm signals to a defined area. While used primarily for voice
announcements, paging and communication systems can also provide background
music distribution. Emergency announcement systems, such as fire alarm systems,
are required by Codes to be a dedicated system and to use equipment certified by
Canadian Standards Association, (CSA), Factory Mutual (FM), or Underwriters
Laboratories (UL). These systems must also be capable of operation from battery
back-up or emergency electrical generators.
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Equipment performance requirements are generally less stringent for paging,
communication, and emergency announcement systems due to the limited frequency
response characteristics of the signal. The sound level output should be a minimum
of 15 dBA above the ambient noise levels or as directed by applicable Codes.
Installation requirements for these systems, such as number of loudspeakers,
loudspeaker spacing, or system redundancy, may be very stringent and are specified
in the Codes.

2.2.2 Language Translation Systems

Language translation systems are used by an interpreter to translate foreign
languages for listeners. These systems are commonly used in civic buildings,
convention centers, international governmental buildings, judicial facilities, and
museums. The foreign language signal is picked-up by a microphone and routed to an
interpreter wearing a headset. The translated signal from the interpreter’s microphone
is amplified and distributed to the attendee who wears a headset to hear the translated
message. The equipment comprising these systems has been specially designed for
this function and is of a very high quality.

2.2.3 Teleconferencing Systems

Teleconferencing systems enable individuals at remote locations to simultaneously
meet via electronic audio and video formats. These systems use microphones and
video cameras to pick-up the acoustic and video signals, which are encoded,
broadcast over telephone, microwave, or satellite systems, decoded at the receiving
end, and reproduced via amplified loudspeakers and a video monitor, all in real time.
Teleconferencing is commonly used for “distance learning”™ in educational and
medical institutions, to hold corporate business meetings, and in remote judicial
proceedings. The equipment used for teleconferencing can be self-contained on a
portable roll-about equipment cart or installed as part of a permanent large scale
system in a dedicated teleconferencing room.

2.2.4 Press Feed Systems

Press feed systems can distribute audio signals to a dedicated audio receptacle jack in
the room, a dedicated press room, or to an outside pane] where a remote broadcasting
truck can park and access the audio signal outputs. A composite mix of the audio
signals from the sound system is routed a common output point which may terminate
in a “mult box” having numerous different audio connectors capable of providing
different signal levels. The press members can plug in tape recorders or audio signal
distribution equipment and be able to match the audio signal level to their equipment.
Most civic, judicial, legislative, and sports facilities have provisions for a press feed
system.
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2.2.5 Assistive Listening Systems

Assistive listening systems provide localized sound reinforcement to listeners who
have hearing difficulty due to reduced hearing acuity, poor language development
skills, or interference from room acoustical conditions. These systems are commonly
used as part of voice and music reinforcement systems. The electrical output from a
dedicated microphone or the sound system signal mixer is routed to a transmitter.
Frequency modulation (FM), infrared (IR), or induction loop (IL) transmitters radiate
the moduylated audio signal which is picked-up by a receiver. A small headset worn
by the listener is connected to the receiver. Current requirements mandated by the
ADA require assistive listening systems in all places of public assembly seating more
than 50 occupants or in facilities using a sound amplification system. Exempt from
these requirements are houses of worship and private facilities not open to the public.
Assistive listening systems can be permanently installed in the space or can be a
portable type, used on an as-needed basis.

2.3 Sound Reproduction Systems

Sound reproduction systems provide audio signals from a variety of media formats

~with the intent of either realistic signal reproduction or synthesized effects
enhancement. These systems can be subdivided into audio media recording and
playback, audio for video, background music, cinema sound, speech privacy sound
masking, and room acoustical enhancement systems.

The basic components of a sound reproduction system are similar to the sound
reinforcement system except the signal sources generally comprise prerecorded audio
media. Audio media recording and aundio for video systems often have microphone
inputs, while room acoustical enhancement systems always use microphones.

2.3.1 Audio Media Recording and Playback Systems

Audio media recording and playback systems provide for amplification of sources
such as audio tape, compact disc (CD), or mini-disc (MD). These systems can
function as an element of a larger sound system or as a stand alone system. Recording
systems use dedicated microphones or an electrical output from the sound system
signal mixer to record the program to cassette tape, digital audio tape (DAT ), or MD.
Playback systems amplify sound from signal storage media such as cassette tape,
DAT, CD, digital versatile disc (DVD), MD, message repeaters, tape carts, or from a
distant origin, such as radio or TV transmissions. The quality of the equipment used
in these systems varies depending on application. Voice and music systems have high
quality components and other systems, such as airport message announcement
systems, have lesser quality components.
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2.3.2 Audio for Video Systems

Audio for video systems provide the means to record or play an audio signal for use
with a video program. Videotape reproducers have audio inputs to receive
microphone or ine level signals to record the audio portion of the program. DVD
players and videotape reproducers have audio outputs to route the signal to the sound
system to permit the audience to hear the recorded portion of the video program. The
equipment used for these systems is of high quality and normally is part of a
permanently installed system.

2.3.3 Background Music Systems

Background music systems provide distribution of prerecorded or programmed
music to low-level distributed loudspeakers. The music program signal can be played
back from aundio tape, CD, and MD sources or received as part of a commercial
subscription service such as MUZAK®. The subscription service provides audio input
via the telephone line, or more increasingly, through cable or satellite link-ups. The
equipment used for these systems is of low quality and normally is part of a
permanently installed system.

2.3.4 Cinema Sound Systems

Cinema sound systems playback dialog, music, and sound effects which have been
encoded on the film soundtrack. The basic system uses five channels with
loudspeakers located behind the screen at the front of the theater. Newer cinema
sound formats use “surround” and sound effects loudspeakers located on the side and
rear walls to supplement the front loudspeakers. There are a variety of proprietary
signal enhancement systems used in cinema sound systems to provide extended
dynamic range, wider frequency response, surround sound channels, and other
special effects. Some currently used systems include DTS™ by Digital Theater
Systems, SRD/Dolby Digital™ by Dolby Laboratories, and SDDS/Sony Dynamic
Digital Sound™ by Sony Cinema Products Corporation. Cinema sound systems are
permanently installed using high quality equipment approved by the proprietary
cinema sound system franchiser.

(See Technical Notes, Section 2.4, at the end of this chapter, for additional
information on cinema sound.)

2.3.5 Speech Privacy Sound Masking Systems

Speech privacy sound masking systems radiate pink noise which is adjusted in level
and frequency content to make speech less intelligible to the listener. These systems
are commonly used in open office environments in combination with partial height
screens around workstations and liberal use of sound absorbing materials. Another
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application is in courtrooms where it may be desired to increase the speech privacy
during conversations at the judge’s bench. The key to successful implementation with
sound masking systems is to have an even low-level sound distribution throughout
the space so the occupants are not aware of the masking sound. This requires using a
sufficient number of loudspeakers which are properly adjusted in both frequency and
level so the listeners are not consciously aware of the masking sound. The exception
to this is in courtroom sound masking systems where the pink noise is at least
10dB(A) above the room ambient noise level.

2.3.6 Room Acoustical Enhancement Systems

Room acoustical enhancement systems (“electronic architecture™) modify the natural
room acoustics using specialized electro-acoustic techniques. These systems can
increase the room reverberation time and level, provide early reflections to simulate
nearby sound reflecting surfaces, improve speech intelligibility, and enhance the
blending of musical sounds. An electronic architecture system comprises several
microphones located above and forward of the stage to pick-up the sound field. The
electronic signals are sent to a routing matrix to subdivide and distribute the separate
signals to different frequency equalizers, delay lines, and reverberation generators.
The processed signals are distributed to numerous power amplifiers and loudspeakers
located throughout the room which radiate the acoustically modified signal.

Electronic architecture systems can be installed in both new and existing
construction. They are often used in large rooms, where extensive architectural
modifications to improve acoustical conditions might be cost-prohibitive, or where it
18 necessary to provide variable acoustical conditions to suit different program types.
These systems have a long development history with each successive system
improving on prior technology. All of the earlier systems suffered from audible
coloration, particularly at high gain settings, until the advent of signal generation by
computer technology. The currently available systems impart a very convincing
acoustic signature and can be unhesitatingly recommended. These systems are
always custom designed for the particular space and use very high quality equipment
properly adjusted to make their use transparent to both the performers and audience.

(See Technical Notes, Section 2.B, at the end of this chapter, for additional
information on room acoustical enhancement systems.)

2.4 Sound System Applications

Sound systems having single or multiple functions may be required for different
types of spaces. Table 2-1 summarizes the different sound systems described above
and their common applications in a range of buildings. These different systems may
operate as stand alone systems or be interconnected with each other.
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TABLE 2-1. Sound Systems Application Matrix
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Council Chambers X X X Xy [ Xy | X Xy 1 Xy | (X (X)
Courtrooms X X X [0 r00 ] X [ ] X | X (X)
Hospitals x) X X X O ) X)) X
EDUCATION
Classrooms (X) X} X Xy | X) Xy | X | X) X)
Lecture Halls {X) X X X Xy | X Xy 1 Xy | (X) X)
Museumns X X} X | X | K] X G| X | X | X | X)
ENTERTAINMENT
Clubs X) X) Xy | ) X)) | X
Hotels (X) X) X X {1 X | X Ky | X ] )| (X
Restaurants (X} (X} x) X} X X)
PUBLIC ASSEMBLY
Arenas (X) X X X X X X X) | (X)
Auditoria X) X X X 1| X X 1 (X) ) 0
Conference Centers X X X X) X Ol X 101X ] 0
Exhibition Halls X} X X X | X X Xy ]y X | X
Sports Facilities x) X X X X X Xy | O | X)
Worship Houses ) X X | X X | Xy | )] X ] X
TRANSPORTATION FACILTIES
Airports X X X {X) X (X}
Rail Stations X X X Xy i X {X)
OTHER
Industrial Facilities X X X (X} Xy | (X)
Offices X X X Xy O | X0 (X)
Retail Stores {X) X 1 (X) X)) | X

X = System normally required. (X) = System may be required based on building function.
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2.5 Ghapter Summary

This chapter has provided the reader with an overview of the three general sound
system categories (sound reinforcement, sound distribution, and sound reproduction).
Within these broad groupings are a variety of sound system types, each fulfilling a
specific or unique group of functions.

Buildings have varying sound system needs, which can range from simple to
complex, depending upon the space activities and user requirements. Many sound
systems comprise several smaller subsystems, which can be interconnected to serve a
common space, or operate independently to serve other spaces. Equipment for
different sound systems vary, but all commonly have an input source, signal
processing, amplification, and output source.

The next chapter will cover the different types of electronic and electro-acoustical
components used in sound systems, including their application, design, and
operation.
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2.6 Technical Notes

2.A Cinema Sound Formats

Multi-channel surround sound will be the future of audio playback. Already this
format is available in selected commercial broadcast, cable, and motion picture
releases. The technology has made considerable advances since the failed
quadraphonic system formats of the early-to-mid 1970s. Several competing formats
are currently in use.

The undisputed leaders in developing multi-channel surround formats are the various
cinema production companies. The very first multi-channel system was developed by
RCA in 1940, in cooperation with Walt Disney Productions and conductor Leopold
Stokowski, for the movie “Fantasia.” When it premiered on 13 November 1940 at the
Broadway Theater in New York, New York audiences experienced the state-of-the art
sound system for its day. The stereophonic (two-channel) system was called
“Fantasound” and used a unique system of 90 loudspeakers to surround the audience.
The complexity of the sound and movie projection systems, along with the need for
each movie house to be individually set-up, limited the distribution of films with
Fantasound.

Dolby™ Stereo by Dolby Laboratories is the most common surround sound format.
Movies and major television shows are released in this audio format. The system uses
the Dolby™ process of motion picture encoding to create a two-channel release that
can be decoded into four channels with the appropriate hardware. Should no decoder
hardware be available, the program audio is played back in conventional
stereophonic or monophonic (single-channel) audio. When decoded into four
channels, the audio is routed to right, center, left, and monophonic surround channels.
One prime advantage of the Dolby™ Stereo format is only one film print needs to be
released since monophonic, stereophonic, and four-channel audio formats are
encoded on the print, ensuring compatibility with a wide variety of playback systems.

SR-D/Dolby™ Digital is gaining popularity as a surround sound format for both
cinema and DVD releases. The format differs from Dolby™ Stereo using 5.1
channels configured as left, center, right, left surround, right surround, and low-
frequency (subwoofer) channels. Five channels of full-bandwidth audio and one
chamnel of limited low-frequency bandwidth audio are used. The low-frequency
channel reproduces frequencies below 80 to 120 Hz, depending upon the specifics of
the processor. The digital audio signals are optically stored on the film print or within
the DVD. Future high definition television (HDTV) will use the 5.1-channel audio
format.

SDPDS™ by Sony Cinema Products Corporation is a new surround sound format
using eight channels of audio comprising left, left center, center, right, right center,
left surround, right surround, and low-frequency (subwoofer) channels. The system
can be considered to be a 7.1-channel audio format with seven channels of full-
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bandwidth audio and one channel of limited low-frequency bandwidth. A dedicated
SDDS™ decoder is necessary to realize this audio format. The decoder also has the
capabilities of playing the 7.1-channel format into a 5.1-channel or smaller audio
format system for compatibility between different systems.

DTS™ by Digital Theater Systems is a digital audio 5.1-channel surround system
similar to SR-D/Dolby™ Digital but the audio program 1s stored on a separate
laserdisc which is time code linked with the film print.

2.B Development of Room Acoustical Enhancement Systems

The first system type, “Ambiophony”, was developed by the Philips Company of the
Netherlands in 1953. Microphones picked-up the source signal which was routed to a
series of tape loops and signal delays. The decaying signal feedback loops were
amplified and distributed to multiple loudspeakers in the auditorium. Reverberation
time and level were increased, but due to the limitations of the equipment technology,
the sound quality was generally poor. One system was installed in the La Scala Opera
House in Milan, Italy and used for many years.

“Assisted Resonance” (AR), was developed in the early 1960s by the late Peter
Parkin of the Building Research Station in the United Kingdom. The purpose of the
system was to increase the low-frequency reverberation time and level in London’s
Royal Festival Hall, which was unacceptably low due to underestimating the
audience sound absorption properties during the auditorium design. The system
worked by amplifying the resonant modes in the auditorium using a series of
Helmholtz resonators cach tuned to a 3 Hz bandwidth. The frequency response of the
system was limited between 40 and 1,000 Hz and used 320 channels. The major
drawbacks of the system include lack of high frequency reverberation and audible
coloration since each channel operates near its feedback threshold to achieve a
modest increase in reverberant sound. The AR system was later commercialized by
AIRO Systems in England and distributed until the late 1970s.

The “Muiti-Channel Reverberation System” (MCRS) was developed by the Philips
Company in the mid 1960s as a replacement for their “Ambiophony” system. Like
the AR system, it uses an acoustic feedback loop, but unlike the AR system, it is a
wide-bandwidth system. Due to the extremely low gain of each channel, up to 100
channels are required for a 3 dB gain increase and a doubling of reverberation time.
Other drawbacks include amplifying the existing room reverberation, which can
magnify existing acoustical problems, and inadvertent pick-up and amplification of
background noise, because of the broadband system response.

Work by the late Paul S. Veneklasen in the mid 1960s resulted in his “Stage-to-Hall
Transfer” and “Auditorium Synthesis” systems. The former system placed two
microphones in the reverberant stage house above the orchestra enclosure, the
outputs were amplified, and routed to two non-directional loudspeakers acoustically
coupled to the upper main auditorium volume. The “Auditorium Synthesis” system
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used a series of microphones which picked-up stage sound and routed it to signal
delay lines and a small reverberation chamber containing a loudspeaker and
microphones. The D/R ratio and lateral (envelopment) sound could be adjusted
before being amplified and routed to separate loudspeakers in the auditorium.

In the early 1970s the “Electronic Reflected Energy System” (ERES) was developed
by Christopher Jaffe. The system used microphones placed in the ceiling above the
stage which were routed to a three-channel signal delay. One delay output was routed
to loudspeakers placed in the forestage canopy to reproduce early reflections for
acoustical “intimacy”. The other two outputs were routed to reverberant field
loudspeakers placed in the upper main auditorium volume. The loudspeakers were
bandwidth limited between 30 and 250 Hz to provide a sense of acoustical “warmth.”

During the mid 1980s Peter Barnett of AMS Acoustics in England developed the
“Reverberation on Demand System” (RODS). The primary advantage with this
system was it did not use a feedback loop to generate the reverberation, resulting in
less audible coloration. Working with AMS Acoustics, Wade Bray of the acoustical
consulting firm Jaffe Holden Scarborough, developed a technique using random
modulation of delay times in the signal delay lines to further improve the naturalness
of the reverberant sound. Both the ERES, for early sound enhancement, and RODS,
for reverberant sound enhancement, were used in several auditorium and church
installations.

In 1990, the US manufacturer Lexicon developed the “Lexicon Acoustic
Reverberance and Enhancement System” (LARES) which uses time variation in
generating reverberation. This process decorrelates the signal paths, resuiting in a
more natural sounding reverberation with significantly higher gain settings.
Microphones pick-up the sound which is routed to a bank of matrix mixing
reverberation generators employing the time variant principle. The outputs are routed
to wall and ceiling loudspeakers, and each listener receives sound from several
loudspeakers, furthering the sound field enhancement.

The most recently developed system is the “System for Improved Acoustic
Performance” (SIAP) by SIAP, B.V. of the Netherlands, introduced in the early
1990s. The SIAP system reinforces the missing reflective and reverberant
components while retaining the overall acoustical characteristics of the auditorium
through use of discrete reflection generation rather than acoustic feedback
techniques. This permits the sound level, early reflections, and reverberation time to
be independently adjustable. Like the other systems, microphones pick-up the
acoustic signal which is digitally processed to achieve the desired acoustical
characteristic, amplified, and routed to wall and ceiling loudspeakers. The
loudspeakers comprise both hemispherically and direct radiating types which can be
adjusted to provide different amounts of early and late acoustical energy. The SIAP
system can provide up to 448 decorrelated reflection patterns with up to 26.5 dB of
gain.
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“The sound man must be intimately familiar with the
operating principles and available types of microphones,
amplifiers, modulating devices, loudspeakers, recorders,
and reproducers. His success depends upon his ability to
properly handle these various tools and to direct their uses
in the best way to secure the result which is desired for the

final product.”

Miller, Chapter 1, Motion Picture Sound Engineering, Van
Nostrand Company, New York, NY (1938).
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sound system consists of a variety of
different electrical, electro-mechanical, and electro-acoustical components which are
interconnected together to perform a particular function. In its most basic form, a
sound system comprises a source component (e.g., CD player, microphone, or tape
reproducer), a signal processing component {e.g., frequency equalizer or mixer), an
amplifier (e.g., preamplifier or power amplifier), and a transmitting component (e.g.,
antenna, headphone, or loudspeaker). Upon closer inspection some comphcated
sound systems are a series of interconnected subsystems, each fulfilling a specific
function as part of the larger system.

This chapter will provide the reader with an overview of the functional and
operational characteristics of the basic component elements which make up sound
systems. '

3.1 Microphones

A microphone is a transducer which converts sound waves into an alternating current
(AC) voltage corresponding to the frequency and magnitude of the source.
Microphones can be classified by type, transducer element, or polar pattern.
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3.1.1 Microphone Types

The major microphone types include: (1) thin profile lectern; (2) handheld; (3)
boundary layer; (4) lavaliere; (5) headset; (6) overhead; (7) shotgun; and (8) wireless.

The thin profile lectern microphone has a small condenser capsule element which is
mounted at the end of a long narrow flexible tube. The major functional advantages
with this microphone are the ability to position it close to the talker and its discrete
unobtrusive profile. Figure 3-1 shows a thin profile lectern microphone.

The handheld microphene has a larger microphone capsule, which is often a dynamic
element, with an integral windscreen mounted on a shaft. These microphones have
been specially designed to withstand rough handling while providing good electro-
acoustical response under a wide variety of conditions. Figure 3-1 shows a handheld
microphone.

FIGURE 3-1. Thin profile lectern microphone (Shure MX412 top)
and handheld microphone (Shure Beta 87A bottom). Products
Courtesy of Shure Brothers, inc.

The boundary layer microphone has a small condenser microphone capsule located
close to a flat mounting plate. These microphones are intended to be set on a large
boundary surface, such as a ceiling, table, or wall, to help extend the low-frequency
response of the microphone. The proximity of the microphone capsule to the
boundary surface has the advantage of minimizing interference effects between the
direct and reflected sound arriving at the capsule. These microphones have a 6 dB
increase in output level due to coherent summation of the direct and reflected sound.
Boundary layer microphones are often used for picking-up multiple sources, such as
at a conference table, and are used as “foot” microphones at the front of a stage.
Figure 3-2 shows two types of boundary layer microphones.
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FIGURE 3-2. Boundary layer microphones (Crown PZM 30D
left and Shure MX392/C right). Products courtesy of Crown
international, Inc. and Shure Brothers, Inc.

A lavaliere microphone has a miniature condenser microphone capsule installed on a
mounting clip which is worn on the clothing of the talker. The principle advantages
with this microphone are its unobtrusive size and freedom of placement, with

“locations on the torso and head (for stage actors) being the most common. Figure 3-3
shows a lavaliere microphone.

FIGURE 3-3. Lavaliere microphone with preamplifier (Shure
MX185). Product courtesy of Shure Brothers, Inc.

A variant of the lavaliere microphone is the headset microphone which has a small
miniature condenser microphone capsule at the end of a flexible tube mounted on a
small headset. The flexible tube permits locating the microphone close to the mouth.
These microphones are used by popular music performers or others in high noise
environments where the maximum voice level must be picked-up to increase the
sound system gain-before-feedback.

The overhead microphone has a small condenser element microphone capsule
mounted on the end of a long thin cable. An integral retaining wire or flexible tube at
the cable end closest to the microphone element enables aiming the microphone at
the sound source. The small size of the overhead microphone has the advantage of
minimizing its visual appearance when hung from the ceiling. These microphones are
available in different colors to blend in with the room decor. Common uses of
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overhead microphones are for pick-up of church choirs and on-stage actors. Figure 3-
4 shows an overhead microphone.

The shotgun type microphone has a small dynamic or condenser microphone capsule
mounted on a 12 to 18 in long tube with slots along the back of its length. The open
slots permit sound to enter the microphone body out-of-phase with the sound arriving
at the front of the microphone. The front and rearward travelling sound waves
combine to increase the microphone sensitivity to frontally-arriving sound. These
microphones have a very narrow pick-up pattern and are used at locations where it is
not possible to position a conventional microphone close to the source. Figure 3-4
shows a shotgun microphone.

FIGURE 3-4, Shotgun microphone (Shure SM89 top) and overhead microphone (Shure
MX202B/C bottom). Products courtesy of Shure Brothers, Inc.

A wireless microphone comprises a condenser microphone capsule, preamplifier,
transmitter with antenna, and receiver with antenna(e). The transmitter and receiver
are tuned to a common carrier frequency. The output from the microphone capsule is
boosted by the preamplifier and routed to the transmitter and antenna, located on the
microphone shaft for handheld microphones, and for lavaliere microphones, within a
separate belt pack. The audio signal is frequency modulated by the transmitter,
similar to an FM radio broadcast, and radiated from the antenna. The radiated signal
is picked-up by a receiver with an antenna and demodulated. Improved reception can
be realized with a true diversity type system which uses two separate receiver
channels and antennae. The diversity principle compares the strength of the two
received signals and uses the stronger signal, resulting in a reduction in noise and
radio frequency interference (RFI). Figure 3-5 shows a true diversity wireless
microphone system.
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FIGURE 3-5. Wireless microphone system with handheld microphone transmitter {Shure
LX2/87 teft), diversity receiver (Shure LX4 center), and lavaliere microphone (Shure WL185)
with belt pack transmitter (LX1 right). Products courtesy of Shure Brothers, Inc.

Wireless microphone systems can operate either on the very high-frequency (VHF) ot
the ultra high-frequency (UHF) bands, with the VHF bands being more common.
The Federal Communications Commission (FCC) has assigned frequency
bandwidths for both VHF and UHF wireless microphone systems. For VHF systems
the 49 to 108 MHz (low band) and 169 to 216 MHz (high band) frequencies are used.
Both are limited to a transmitter power output of S0 mW. The UHF systems are
assigned the 450 to 806 MHz (low band) and 900 to 952 MHz (high band)
frequencies, both limited to a transmitter power output of 250 mW. Only a portion of
the FCC-assigned bandwidths are used for wireless microphone transmission due to
competition from other radio services. The 174 to 216 MHz bandwidth is used for
VHF systems, while the 774 to 862 MHz bandwidth is used for UHF systems.

Multiple channel VHF and UHF wireless microphone systems are common,
particularly in large productions such as “Broadway” musicals. Each performer is
assigned a separate channel with a unique carrier frequency to prevent interference.
Up to 50 channels can be simultancously broadcast, but this requires a very
sophisticated multi-channel system to correctly receive and demodulate the signal
channels.

The principle advantage with a wireless microphone is the mobility it gives a user
since there is no microphone cable. One major drawback with wireless microphones
is they should not be used where security or privacy is of concern since the signal
radiates approximately 300 ft and can pass through typical building construction.
Another potential drawback is the susceptibility to the pick-up of adjacent radio
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signals and other RFI which can be amplified and transmitted along with the desired
audio signal.

Table 3-1 summarizes common applications for the different microphones described

above.
TABLE 3-1. Microphone Application Matrix
Microphone Type
£
2 ]
7] >
g = 3 g B ® g v
Space Type 2 = ) = 8 & o o
= o ] [ L] = =} [
e | 5 | 2| 5|2 |g |2 £
o T 5 - T o n 2
= <]
= [+3]
f
Amphitheaters {X) X {X) X) (X} {X) X
Churches X X) X) X) X X
Colfege Classrooms X (X) (X) N Y X xX)
Conference Rooms X (X} xX) X {X) {X) X}
Courtrooms and Civic Facilities X {X) X (X} (X) (X}
Drama Theaters ) X X (X} X) X
Elementary and High School
Auditoria X X ) X) ) %)
Hotel Ballrooms X X X) (X) ; x)
| Lecture Halls X {X) X} {X) (X)
Multi-Purpose Auditoria X X X X X X) X
Opera Houses (04] {X) X X X (X) X
Race Tracks X X (X) X (X}
Recital Halls (X) X) (X) x) {X} x) {X)
Sports Arenas and Gymnasia X X X X () &)
Stadia
Swimming Pools ‘
Symphony Halls (X X) (X) X) (X) X} (X)
Tennis Courts X X x) {X} (X) X
Theme Parks X X (X} X X X) {X) X

X = Normally required. (X} = May be required based on sound system function.
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3.1.2 Microphone Transducer Elements
Microphones use dynamic, ribbon, or condenser transducer elements to convert

sound waves into an analogous electrical signal. Figure 3-6 shows the major parts of
a microphone.

WINDSCREENIPOP-FILTER ASSY SAFETY-BASKET ASSY PLUG-IR-TRANSDUCER MODULE IN MIC HOUSING

I I l
/ RETAIRING  FOAM INNER / \ / \ /
RIN LAYER

EEOS&IHT MAIN NOISE-COMPENSATING PRESENCE BASSROLL

TRANSDUCER TRANSDUCER RISE SWITCH OFF SWIECH

AND FILTER AND FILTER

= I, T

SHOCK- BLAST- INDEX REINFORCED HUM- SPECIAL ELASTOMER- 2CORTACT 2PN 3PIN
ABSORBING DIFFUSING NOTCH CASTING ¥/ BUCKING RING SUSPENSIONS FEMALE MALE  XLR
OUTER LAYER KIDDLE LAYER WIRING MESH  WINDING W/COMPLIANT DOMES CONNECTOR CONN  CONR

&

FIGURE 3-6. Sectional drawing of a dynamic cardioid microphone showing details of the major component parts.
Drawing courtesy of AKG Acoustics US.

The dynamic microphone uses a thin Mylar™, or similar plasticized diaphragm,
which vibrates in response to the sound waves. This in turn moves a small coil of
wire suspended between two magnetic poles creating an output voltage. The
transduction principle of a dynamic microphone operates opposite to that of a
dynamic loudspeaker. Advantages of dynamic microphones include their durability,
less sensitivity to temperature and humidity extremes, and simplicity of operation.

The ribbon microphone is similar to the dynamic microphone except a metalized
ribbon is used in place of the plasticized diaphragm. While the ribbon microphone is
often considered the best microphone type where natural voice reproduction is
required, it is not frequently used for sound reinforcement due to the fragile nature of
the ribbon element.

The condenser (capacitor) microphone uses an electrically polarized movable
diaphragm which vibrates in response to the sound waves. The spacing between the
movable diaphragm and an oppositely charged fixed backplate varies, which changes
the capacitance between the two elements. A condenser microphone needs a source
of power to provide the polarization voltage between the movable diaphragm and
fixed backplate. This is supplied as phantom power from a separate external power
source or, more commonly, from the signal mixer the microphone is plugged into.
Typical phantom power varies from 12 to 48 V (volts) but has little current. The
phantom power is delivered to the microphone via the microphone cable, with the
two signal conductors handling the positive direct current (DC) voltage and the cable
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shield conductor handling the negative return. Another type of condenser
microphone uses a permanently charged electret element. These microphones are
pre-polarized during manufacturing and do not require an external source of
polarization voltage. Advantages of condenser microphones include their greater
sensitivity, extended frequency response, and small size. One major disadvantage is
their less rugged construction compared to dynamic microphones, so care must be
exercised in their use.

3.1.3 Microphone Directional Patterns

The major directional patterns of microphones include: (1) omnidirectional; (2)
unidirectional (cardioid, supercardioid, and hypercardioid); and (3) bi-directional.

An omnidirectional microphone rtesponds equally to sound amving at the
microphone from all directions. One feature of an omnidirectional microphone is its
smoother off-axis frequency response compared to other microphone directional
patterns. A smooth frequency response, with an absence of peaks, helps to improve
the sound system gain-before-feedback. The smoother frequency response
characteristic can be an advantage particularly if the talker or sound source is not
directly “on-mic” or it is desired to pick-up the room acoustic signature.

A cardioid microphone is most sensitive to sound arriving on-axis perpendicular to
the front and is less sensitive to sound arriving from the rear. Cardioid microphones
are almost universally used in sound reinforcement because these microphones have
the capability of rejecting unwanted sound and reverberation, which may help in
certain installations to increase the sound system gain-before-feedback. However,
this capability diminishes below approximately 500 Hz, where the microphone pick-
up becomes more omnidirectional. One particular disadvantage with cardioid
microphones is their greater sensitivity to low-frequency sound as the microphone is
brought closer to the sound source (proximity effect). Often, this build-up of low-
frequency sound can degrade the naturalness of the voice, resulting in a “chesty” or
“boomy” characteristic. Positioning the microphone remote from the source will
decrease its low-frequency output, making the voice sound unnatural, resuiting in a
“thin” or “nasal” characteristic. Thus, positioning a cardioid microphone relative to
the sound source to achieve a balanced natural sound is more demanding than an
omnidirectional microphone which does not exhibit the proximity effect.

The supercardioid and hypercardioid microphones share the advantages and
disadvantages of the cardioid microphone, but exhibit improved on-axis pick-up
performance at greater distances from the source and reduced sensitivity to pick-up
of off-axis sound.

The bi-directional microphone is most sensitive to sound arriving on-axis
perpendicular to the front and rear, while rejecting sound arriving from the sides.
This results in a “figure-of-eight” pick-up pattern, which may be advantageous when

~talkers-are on opposite sides of a table, as in an interview.
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(See Technical Notes, Sections 3.4 and 3.8, at the end of this chapter, for additional
information on microphone polar patterns.)

3.1.4 Microphone Interconnection

Microphones are connected in a three conductor balanced configuration, which uses
two signal conductors (one for positive (+) signal and the other for negative (-)
signal) and one ground (shield) conductor. The audio signal is carried on the two
opposite pelarity signal conductors and are combined at the input to the signal mixer
where one of the signal conductors inverted. This method results in greater signal
strength and a reduction in noise pick-up. The increased signal level arises since one
of the opposite polarity signal conductors is inverted (180° polarity reversal) where it
combines in-phase with the other signal conductor resulting in a 6 dB increase. The
noise reduction arises when the one signal conductor is inverted, resulting in the
noise signals being out-of-phase with each other where they cancel at the signal
mixer input. The most common audio connector used for balanced microphone
interconnection is the three pin XLR. Other audio components comnected in a
balanced configuration use a % in phone plug with a tip-ring-sleeve arrangement.

(See Techmical Notes, Section 3.C, at the end of this chapter, for additional
information on balanced and unbalanced connectors.)

The output impedance of microphones is relatively low, on the order of less than 300
Q (ohms), to minimize loading on the interconnected signal mixer.

3.2 Line Level Sources

Line level sources include audio formats such as magnetic tape, audio and optical
discs (CD, DVD, and MD), videotape, telephonic/teleconferencing devices, and
radio. These sources are classified as recorded audio {magnetic tape, audio discs,
optical discs, and videotape) or real time audio (telephonic/teleconferencing devices
and radio). The output from these sources is distributed to other sound system
components such as signal mixers and amplifiers for reproduction or playback.

3.2.1 Magnetic Tape Formats

Magnetic tape provides a means to record and playback audio programs. A variety of
tape formats have evolved over the years to satisfy user requirements and technical
advances in the medium. The two principal methods of recording and playback are
the analog and digital formats. Within these formats are a variety of magnetic
recording media including: (1) open reel; (2) cassette; (3) DAT; and (4) tape carts.

Open reel tape recorders use reels of open tape, typically ¥4 in wide on 7 in diameter
spools, to record and playback audio program material. The recorder is a large unit
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which is stand-mounted. Open reel tape recorders can operate in analog or digital
formats. The primary advantages with the open reel tape format are ease of editing
and superior audio performance characteristics, particularly if a digital format is
used.

Cassette tape recorders use a self-contained tape cartridge to record and playback
audio program material in an analog format. Originally developed for dictation use
only, the cassette medium has found wide use for high quality audio applications due
to proprietary noise reduction circuitry (Dolby B™, Dolby C™, and Dolby S™) to
reduce the level of tape “hiss” and self-noise inherent in the recording/playback
process. The primary advantages with the cassette tape format are ease of operation
and low cost.

DAT recorders are similar to cassette recorders except they record and playback in a
digital format, using a smaller cassette-type tape cartridge. The primary advantages
with the DAT format are the ease of operation and superior audio performance
characteristics compared to analog casseite tape. One disadvantage with the medium
1s relatively high cost for the tape cartridges.

Tape carts are playback only devices used for prerecorded messages and have
applications ranging from retail stores to transportation facility voice announcement
systems. These devices can be analog or digital, however the latter format is
becoming increasingly popular. A variant is the computer controlled message
repeater which provides complete messages from separately recorded and stored
words.

3.2.1.1 Basics of Magnetic Recording

Magnetic recording can be performed using analog or digital recording techniques.
Analog recording captures the entire audio signal while digital recording captures a
series of “snapshots” to approximate the audio signal with high accuracy. The basic
components of an analog magnetic tape recorder include: (1) magnetic tape; (2)
transport mechanism; (3) tape heads; and (4) equalization circuitry, A digital
magnetic tape recorder is similar, but also has analog-to-digital (A/D) and digital-to-
analog (D/A) circuitry.

3.2.1.1.1 Analog Recording and Playback

Recording an audio program starts with some form of magnetic tape which stores and
permits playback of the recorded audio signal. Magnetic tape consists of a polyester
layer to which a magnetic oxide surface coating is bonded to. Within the unrecorded
magnetic oxide surface coating is a random orientation of small permanent magnets,
called domains. The random orientation of the domains results in an average signal
output of zero due to the north and south poles of the domains canceling each other
out. However, when magnetized by the audio signal, the north and south poles of the
domains are reoriented to correspond to the audio signal with an equivalent output
level.
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The tape transport mechanism has a series of motors, a capstan with a pinch roller,
and guides to move the tape across the magnetic heads. Good quality tape transports
will have three motors, each for the supply tape reel, capstan, and take-up tape reel.
The tape transport provides tension on the tape which helps maintain contact across
the magnetic heads.

Tape recorders have specialized magnetic heads to perform erase, recording, and
playback functions. The magnetic heads are transducers and have analogous
operating principles to a dynamic microphone. The erase head removes any trace of a
previous recording that might be stored on the tape. The recording head imprints the
audio signal onto the magnetic tape. The playback head works in a reverse fashion to
the record head to recover the audio signal off the magnetic tape. Good quality tape
recorders will have three separate heads, while lesser quality machines will have two
heads to provide erase and combined recording/playback functions.

The recording head has magnetic pole pieces separated by a very small gap. Coils of
wire are wrapped around the pole pieces through which the audio signal (current) to
be recorded flows. A magnetic force is generated which flows through the pole
pieces and across the recording head gap. The signal flows from one pole piece onto
the magnetic tape and back to the opposite pole piece. As the magnetic tape is moved
across the recording head, the audio signal is recorded onto the tape. The playback
head retrieves the recorded signal across its head gap which causes a magnetic field
to be generated in the pole pieces. A current equal to the recorded signal is developed
and flows through the coils of wire wrapped around the pole pieces which can then
be amplified.

The final signal processing in a tape recorder is some form of equalization fo help
linearize the recording and playback process. The magnetic energy applied to the
tape by the recording head is greater than that retained on the tape itself. Portions of
the signal on the tape may be too strong, resulting in saturation distortion while other
portions may not be strong enough to reorient the domains, Application of a bias
current to the recording head helps in the recording process to reduce distortion and
increase recorded signal levels. The playback head circuits have a 6 dB/octave output
boost which requires a complementary 6 dB/octave response cut during the playback
process in order to achieve flat frequency response output,

3.2.1.1.2 Digital Recording and Playback

Digital recording and playback are electro-mechanically similar to analog recording
and playback. They are electricially different in that the analog audio signal is first
converted into a digital signal prior to storage on magnetic tape and upon playback
the digital signal is converted back to an analog signal. The analog signal, as is our
decimal number system, uses the base'’ system. The digital conversion process
encodes the audio signal through use of the binary (base?) number system which
provides a fast and efficient means of manipulating audio signal data. The base:
number system uses a series of “1” (on) and “0” (off) signals to represent binary
words which approximate the analog audio signal. Upon playback the system
converts the base? digital audio signal data back to base!®.

3-11



. Electronic Sound Systems Design

The basic digital audio recording chain includes: (1) low-pass filter; (2) sample-and-
hold circuit; (3) A/D converter; (4) signal coding and error correction circuitry; and
(5) D/A converter. The analog audio signal first passes through a low-pass filter to
remove frequencies which are above one-half the Nyquist frequency prior to being
sampled. A sample-and-hold circuit retains and measures the analog signal level so
the A/D converter can process the audio signal. The A/D converter samples the audio
signal and assigns an equivalent DC voltage to the nearest amplitude step of the
sampled waveform through a process known as guantization. After quantization a
digital word is generated by the A/D converter to represent the sampled audio signal
level. Additional manipulation of the digital words provide data coding, modulation,
and error correction. The data coding, typically pulse code modulation (PCM),
allows for the most efficient storage of the digital audio signal on the magnetic tape.
Due to the extremely high density of the digitally encoded signals, errors due to
imperfections in the magnetic tape medium need to be corrected. The most common
forms of error correction are data redundancy, which uses parity bits and check
codes, and interleaving, which scatters the digital data across the digital bit stream.

Dagital signal playback is essentially the reverse of the recording process. The first
step restores the digital signal back to its original modulated binary state. The data
are then reconverted back to the non-error corrected state and then restored into raw
PCM data. The data then pass through a D/A circuit to restore the digital words back
to an equivalent analog voltage. A sample-and-hold circuit retains the digital signal
so the D/A converter can determine the appropriate voltage level. Finally the signal
passes through a low-pass filter to smooth out any non-linear steps created in the
conversion process, resulting in a smooth analog audio signal.

3.2.2 Audio and Optical Disc Formats

Audio discs include CD and MD formats while the optical disc format is the DVD,
which can also playback audio. The CD and DVD formats are primarily used for
playback but the MD format can record and playback. Special versions of the CD and
DVD formats can be used for recording, but are not normally found in sound system
applications.

3.2.2.1 CD Playback

The CD, developed jointly by Philips Company and Sony Corporation in the early
1980s, was the first commercially available digital audio format. It consists of a
prerecorded 4% in diameter aluminized disc which rotates at a variable speed. The
alummized disc contains a series of microscopic “pits” encoded in a 16 bit 44.1 kHz
sampled digital audio signal format. The pattern of the recorded pits on the disc is
equivalent to the original analog signal. The CD storage capacity is 680 Mbyte and
playback times up to 74 minutes for stereophonic and 148 minutes for monophonic
programs are possible.
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The pits are read by a small laser which focuses on the aluminized disc layer
reflecting light back to a photo detector. The distance between the disc surface and
the laser is continuously adjusted by a servomotor system to provide the best retrieval
of the digitized pits. The output signal from the photo detector is digital and it must
be converted back into analog by a D/A converter and associated circuits.

3.2.2.2 DVD Playback

The DVD, developed in the late 1990s, is a digital optical storage medium identical
in appearance to a CD but is able to hold 15 times more data. The electro-optical
playback mechanism of the DVD is very similar to the CD but has a transfer rate 20
times faster. The storage capacity is about 8.5 Gbyte and program material playback
times up to 4 hours in length are possible. Audio data is stored in a 24 bit 98 kHz
digital format permitting 5.1 channel surround sound playback.

The DVD can be used for playback of prerecorded audio and video images when
used with an appropriate player or a computer. The DVD, with its enhanced storage
capacity and better audio performance, will eventually become the format of choice
and replace both CD and videotape.

3.2.3 MD Recording and Playback

The MD is a digital audio recording and playback format developed by Sony
Corporation in the mid 1990s as a competing audio format for cassette tape. The
recordable MD is slightly smaller than a 3% in floppy disk. Recording times are up to
74 minutes for stereophonic and 148 minutes for monophonic programs are possible.

The recording and playback is a digital magneto-optical process. A laser heats up the
disc surface causing demagnetization. The recorder applies a magnetic field that
remagnetizes the disc particles to etch a 16 bit 44.1 kHz digital audio signal onto the
disc. During playback the laser refocuses on the disc surface and registers changes in
polarization to retrieve the recorded signal.

The MD format has the capacity to store approximately 140 Mbyte of data, which is
a fairly small storage capacity for audio program material. A process called Adaptive
TRansform Acoustic Coding (ATRAC) 1s used to improve disc storage density. The
ATRAC process divides the digital audio signal into 512 frequency sub-bands, with
smaller frequency sub-bands at lower frequencies. A “lossy” data omission and
compression algorithm, based on psycho-acoustical sound masking and hearing
threshold criteria, is applied to the audio signal which enables approximately 80
percent of the actual andio signal to be deleted in the recording process. Critical
listening studies have shown the MD format with newer generations of ATRAC
circuitry to be audibly similar to CDs, although not identical.

3-13



Electronic Sound Systems Design

!
[

3.2.4 Videotape Recording and Playback

Videotape, developed in the mid 1970s, can record and playback prerecorded audio
signals. The standardized videotape format is the % in video high speed (VHS)
cassette. Recording and playback is through a video cassette recorder (VCR). Both
single-channel monophonic and two-channel stereophonic formats are available,
with the latter being the most common for prerecorded media.

Recording an audio signal on the same magnetic tape used to store the video images
is an analog process. It involves compressing the audio signal to reduce the dynamic
range and then modulating the audio signal with a carrier frequency prior to storage.
The signal is expanded upon playback to restore its original dynamic range.

3.2.5 Telephone/Teleconferencing Devices

Transmission of audio information can occur through the telephone or through a
dedicated teleconferencing system. For good communication at both the send and
receive ends, it is essential that each of these systems provide fill duplex audio.

3.2.5.1 Telephone System

Local telephone service uses a two wire system between each send or receive
location and the central telephone substation. A four wire system is used within
telephones with two wires each dedicated for sending and receiving the telephonic
signals. At the central telephone office, the telephonic signals are routed to other
central telephone offices via the four wire system using land lines, microwave, or
satellite transmission. Thus, the telephone system has completely separate send and
receive paths.

Connecting a telephone to an audio system requires using a two-to-four wire digital
telephone hybrid between the telephone output and the audio system input. The
telephone hybrid isolates the telephone send and receive lines and prevents feedback
between the two telephonic transmission paths. Various manufacturers make
telephone hybrid and other interfacing devices.

3.2.5.2 Teleconferencing System

In its most simple form, teleconferencing can be accomplished via a speaker phone.
Improved audio transmission and reception can be realized with a complete
teleconferencing system installed at each send and receive location. The
teleconferencing is referred to as point-to-point when only two communication links
are established. Multiple communication links are referred to as multi-point.

Each teleconferencing system uses dedicated microphone(s) to pickup the talkers,
line Ievel audio sources, a signal mixer, and signal processing equipment to modify
the audio signal before being routed to a codec. The codec encodes the signal which
is then routed to a telephone land line, microwave transmitter, or more commonly, a
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satellite transmission system. At the receive end a complementary codec decodes the
signal and routes it to the audio system. Teleconferencing systems have the capability
of integrating graphics and video with the audio signal when suitable projectors and
cameras are used.

3.2.6 Radio

Radio broadcasts, primarily FM, cable-type radio services, or MUZAK® can be used
as an input to a sound system. Several manufacturers produce professional-grade FM
radio receivers which can be connected to a signal mixer. The cable type radio 15 a
pay-for-service system which requires installation of the service provider’s
proprietary reception decoding box.

3.2.7 Line Level Source Interconnection

Line level sources are usually connected in a balanced configuration, although
unbalanced connections are common, particularly with consumer-grade audio
equipment. Unbalanced lines use one signal conductor and one ground conductor.
The audio signal is carried on the signal conductor only. The main disadvantage with
unbalanced connections is the reduced immunity to noise pick-up. The most common
audio connectors used for unbalanced interconnection are the % in phone plug and
the phono (RCA) plug, both with a tip-sleeve arrangement.

The output impedance of line sources is relatively high, on the order of greater than
10,000 €, to minimize loading at the inputs of interconnected equipment.

Special signal converters are available which provide signal level and balancing
functions to enable interconnection of equipment having different signal levels and
wiring formats, as occurs when using consumer-grade and professional-grade
equipment.

3.3 Signal Mixers

Signal mixers combine the electrical outputs of microphones, line level sources, or
combinations of these devices, adjust the relative level between the sources, and
route the electrical signals to other sound system equipment.

Signal mixers are commonly used in multiple input source applications where they
activate microphones being used, mute or turn down the level of unused
microphones, turn on and off line level sources, increase or decrease gain between
channels, and increase or decrease the output level to improve gain-before-feedback
characteristics.
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Programs such as music, drama, or panel discussions may use numerous
microphones which can complicate the performance requirements of the signal
mixer. The sound system designer or operator must carefully select the number of
active microphones based on the number of sound sources and their proximity to the
microphones. Using too few microphones can result in decreased sound levels and
reduced intelligibility for sources remote from the nearest microphone, while sources
close to the microphones can be overly loud by comparison. Decreasing the distance
between the microphone and the sound source by one-half will result in 6 dB greater
signal level at the microphone. On the other hand, using too many microphones may
result in the pick-up of room noise and reverberation, reducing the sound system
gain-before-feedback. Eight open microphones will result in the pick-up of 9 dB
more room noise and reverberant signal, which will be perceived approximately
twice as loud, than if only one microphone were used.

Each doubling of the number of open microphones will decrease the sound system
gain-before-feedback by 3 dB. Thus, as the number of open microphones is
increased, the overall output level of the sound system must be lowered to maintain
the same relative freedom from feedback. The goal is to use the fewest number of
microphones, consistent with program functions. Doing so will result in improved
intelligibility, a louder signal, and less likelihood of the sound system going into
feedback.

A byproduct of multiple microphones at different distances to a common sound
source is the potential for comb filtering effects when the microphones are operated
at the same gain level. The time delayed sound can be picked-up by the different
microphones and when mixed will result in a subjectively “hollow” audible quality,
due to the phase interference between the signals.

(See Technical Notes, Section 3.D, at the end of this chapter, for additional
information on comb filter effects.)

3.3.1 Classification of Signal Mixers

Signal mixers are broadly classified as being either manual or automatic in their
operation. The term “signal mixer” is a generic designation for a mixer, console,
mixing console, or automatic mixer. A final variant is the powered mixer which
combines a manual mixer with a power amplifier onto a single chassis.

Manual mixers are sometimes referred to as mixers, consoles, mixing consoles, or
mixing desks. These terms are often used interchangeably, but each has specific
component features. A mixer is a small unit which has 12 or fewer inputs and can be
placed on a desktop or permanently installed in an equipment rack. A console is a
shortened abbreviation for mixing console. A mixing console or mixing desk has 16
or more inputs and is a large free standing unit intended for placement on a desktop.
An automatic mixer is a small unit with eight or fewer inputs intended for permanent
installation in an equipment rack. These mixers usually have a “link” circuit so that
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several units can be interconnected when more than eight inputs are required.
Powered mixers have between two and 12 inputs and are intended for permanent
mstallation in an equipment rack for portable desktop use.

Manual mixers are used primarily in music and theatrical applications where operator
flexibility and artistic control of the complex dynamic and tonal aspects of speech
and music signals are of paramount importance. Automatic mixers are used primarily
in boardrooms, classrooms, and similar spaces where speech is the primary sound
source and user control of the audio signal is not necessary. The use of an automatic
microphone mixer should be considered mandatory when four or more microphones
are to be used and no sound system operator is to be present. Powered mixers are
used mostly in low-budget installations such as small assembly spaces where speech
and line level sources are the primary signal inputs and minimal user control of the
audio signal 1s required.

3.3.2 Manual Mixers

Manual mixers require hands-on control by an operator to select signal source inputs,
turn on/off microphones and line level sources, adjust relative levels between
different signal sources, tailor frequency characteristics, adjust the final sound system
output level, and route audio signals to other sound system equipment.

In their most basic form, manual mixers include signal inputs and preamplifiers, a
program mixing buss, a master output section, and metering. Other features common
on more complex manual mixers include microphone phantom powering, frequency
equalization, an auxiliary buss, input returns/output sends from the auxiliary buss,
and monitoring/foldback capabilities.

3.3.2.1 Signal Flow Through a Manual Mixer

Manual mixers are probably the most complicated piece of equipment in a sound
system. The number of knobs, buttons, and switches on a manual mixer can be truly
daunting, but many of their functions are identical for the different audio signal
channels, which helps to simplify learning. Figures 3-7 and 3-8 show small and large
manual mixers,
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FIGURE 3-7. Six-channel manual mixer (Shure M387). Product
courtesy of Shure Brothers, inc,

FIGURE 3-8. 24-channel mixing console (Allen & Heath GL2000). Product courtesy of Allen & Heath.

Each audio signal is carried via a cable connected to a dedicaied channel input at the
back of the manual mixer. Phantom powering for microphones is carried from the
manual mixer by the cable back to the microphone. High-level signals, which might
overload the preamplifier or other mixer amplification stages, can be attenuated by as
much as 20 dB with an input pad. Input signal levels are monitored by meters or light
emitting diodes (LEDs) to indicate their strength. Microphone level signals are
amplified approximately 100,000 times by a preamplifier to increase the signal
magnitude and minimize susceptibility to noise. Line level signals, which are higher
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in level than microphone level signals, bypass the preamplifier. The signal is then
routed to an optional frequency equalizer, a fader for adjusting relative levels
between the input signals, a line amplifier, and to a pan pot for positioning the signal
to create a sense of auditory spatial impression.

From the pan pot of each channel, the signals are routed to the program mixing buss
where they are combined into a composite audio signal. The mixed signal can be
routed to the auxiliary buss, for further signal processing, or to the master output
section. The master output section has summing amplifiers, faders, and line
amplifiers to adjust the final output level routed to the sound system amplifiers. The
signal output magnitude is monitored with meters or LEDs. Signals from the
auxiliary buss can be routed to output sends, for special effects signal processing, and
back to the auxiliary buss via input retumns. Other possible routing from the auxiliary
buss can be to a tape recorder, assistive listening system, stage monitoring/foldback
systems, or other specialized subsystems. Monitoring of the output send and input
return levels is done with meters or LEDs.

When describing manual mixers it is common to make reference to the number of
mput channels and the number of output channels. Sometimes different output
channels are grouped together into a common mixing buss output. Thus, a 16 x 8
manual mixer would have 16 input channels and eight mixing buss outputs. Two of
these outputs might be assigned to the master output section and six assigned as
special effects sends/returns. More complicated manual mixers may have submix
capabilities. For example, the eight busses could be further mixed into a two-channel
stereo mix. Such a manual mixer would be described as a 16 x 8 x 2 device.

Another common feature on manual mixers is the way signal attenuation is handled
by the auxiliary busses. Post-fader type auxiliary busses are designed to be affected
by the channel fader. This arrangement is often used for signal processing effects
loops, where the processed signal level can be adjusted to suit the desired artistic
intent. Pre-fader type auxiliary busses are not affected by the channel fader. This
arrangement is useful in monitoring/foldback.

3.3.3 Automatic Mixers

Automatic mixers, once adjusted and calibrated, will function without operator
control. These devices will smoothly switch on/off microphones and line level
sources, increase or decrease input signal levels to maintain a constant sound output
regardless of the talker’s vocal effort, adjust the final output level, and route auxiliary
audio signals to other sound system equipment. Some devices have the capability to
provide priority muting of channels, mix-minus matrixing, and last microphone on
features. Automatically activating microphones and adjusting the system gain to
account for the number of open microphones are the two most important functions
that automatic mixers provide.
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The basic components of an automatic mixer includes signal inputs and
preamplifiers, phantom powering, a program mixing buss, automatic threshold and
gating circuits, a master output section, and metering. Other features common on
more  complex  automatic  mixers include frequency  equalization,
compression/limiting, auxiliary inputs/outputs, and provisions for computer contro].
Special logic control circuits are available on some automatic mixers to provide
indication of microphone status, loudspeaker attenuation, and selecting priority
channels. One particularly useful feature is an adjustable hold time circuit which
keeps the channel momentarily open when the sound level decreases to avoid gating
the channel completely off which reduces the possibility of losing spoken words or
syllables.

Various operational philosophies and circuit designs have evolved to activate
microphones, control the method of raising the input channel gain, dynamic gating
and envelope action of the input channels, and the method for gain sharing based on
the number of open microphones. In the most basic of automatic mixers,
microphones are gated on when the sound level at the microphone exceeds a
reference threshold level set within the automatic mixer. As the sound level falls
below the threshold, the microphone is shut off, Automatic mixers use fixed,
adjustable, and automatically adjustable gating circuits. Some automatic mixers use
special directional-sensing microphones which gate microphones on based upon
sound reception from a desired angular direction. '

Use of automatic mixers tends to be more successful in relatively non-reverberant
spaces since reverberant sound can negatively impact operation of some automatic
mixers. Directional microphones are recommended to be used with automatic mixers
to minimize false triggering from off-axis sources and to reduce the pick-up of
audience noise incident at the rear of the microphone.

(See Technical Notes, Section 3.E, at the end of this chapter, for additional
information on automatic microphone mixing circuils.)

3.3.3.1 Signal Flow Through an Automatic Mixer

The basic signal flow concepts in manual mixers are applicable to automatic mixers
and major differences will be described below. Variations in signal flow through
automatic mixers will vary among different manufacturer’s products. Figure 3-9
shows two automatic mixers.
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FIGURE 3-9. Automatic microphone mixers (Peavey Automix™ top
and Shure SCM810 bottom). Products courtesy of Peavey
Electronics Corporation and Shure Brothers, Inc.

The signal output from the preamplifier of each input channel is routed to an optional
high-pass filter and frequency equalizer. From here the signal is routed to adjustable
gating and level control circuitry used to turn on/off microphone and line level
sources. The outputs from each channel are routed to the program mixing buss and
then to a linking network which receives the output from other automatic mixers.
These signals are summed and routed to an optional compressor/limiter. The
composite signal is routed to both the master output and auxiliary output sections.
Monitoring of signal levels is through front panel-mounted LEDs.

3.3.4 Powered Mixers

Powered mixers contain separate mixer, signal processing, and power amplifier
sections on a single chassis. Most are intended for permanent installation in
equipment racks, although desktop units are available. The mixing section uses a
manual mixer with up to 12 input channels for both microphone and line level
interconnection. The signal processing section contains limited frequency
equalization, often only bass and treble tone controls, although some units have built-
in six band octave frequency equalizers. The power amplifier section has ratings
between 35 to 150 electrical watts (W) per channel. Powered mixers are a good
choice for sound systems having a restricted budget and minimal performance
requirements. Figures 3-10 and 3-11 show powered mixers.
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FIGURE 3-10. Eight-channel 150 watt/channel powered mixer (Peavey IRM™ 8150). Product
courtesy of Peavey Electronics Corporation.

FIGURE 3-11. Four-channel 75 watt/channel powered mixer
(Peavey UMA™ 75TII).Product courtesy of Peavey Electronics
Corporation.

3.4 Audio Distribution, Buffer, and Summing Amplifiers

Audio distribution, buffer, and summing amplifiers provide a variety of signal
routing, mixing, and level conversion functions. These devices can distribute a
common audio signal to other sound system components, combine different audio
signals into a composite signal, match consumer (-10 dBV) signal levels to
professional (+4 dBu) signal levels (and vice versa), and convert unbalanced signals
to balanced signals (and vice versa).

3-22



Components and Equipment

The distinction between audio distribution, buffer, and summing amplifiers is not
sharply delineated among the manufacturers. A product by one manufacturer may be
functionally identical to another manufacturer’s product even though both have
different descriptive names. When selecting equipment it is best to check product
literature to determine equipment functional features rather than relying solely on
descriptive product names.

Strictly speaking, an audio distribution amplifier routes signals to different locations,
a buffer amplifier provides unity voltage gain and is intended to isolate audio
components from interconnection loading effects, and a summing amplifier mixes
several inputs into one or more outputs. Some common applications of these devices
are described below.

1. An audio distribution amplifier can be used at the output of a signal
mixer or crossover to distribute a common audio ‘signal to different
sound system components.

2. A summing amplifier at the input of a signal mixer can convert the left
and right outputs of a consumer tape recorder to +4 dBu and sum the
two channels into a single channel output.

3. A buffer amplifier can be inserted between two components to isolate
different input and output impedances.

4. An audio distribution or summing amplifier can be used in a basic
sound system where the expense of a signal mixer might not be
warranted, but it is still necessary to route or combine different audio
signals.

Figure 3-12 shows different audio distribution, buffer, and summing amplifiers.

FIGURE 3-12. Audio distribution, buffer, and summing amplifiers (FSR ADA-4 left, Aphex Model 120A
center, and FSR WCA-4 right). Products courtesy of Aphex Systems and FSR, Inc.
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3.5 Signal Processing Equipment

Signal processing equipment modifies the electrical audio signal in various ways to
provide compression/limiting or expansion of dynamics, adjustment of frequency
characteristics, time delay, and subdivision and routing of signals having different
frequency bandwidths. Some signal processing components provide only one
function. Others combine several signal processing functions, by using on-board
digital signal processing (DSP) chips, while the latest trend is to implement multiple
signal processing functions through computer controlled DSP systems.

3.5.1 Dynamics Processors

Dynamics processors are signal processing devices that affect the dynamic range of
the signal and include compressors, limiters, and expanders. Compressors and
limiters decrease the signal dynamic range and expanders increase the signal
dynamic range. Dynamics processors can provide one or multiple dynamic range
enhancement signal processing functions. Figure 3-13 shows a combination
compressor/leveler/limiter.

FIGURE 3-13. Compressor/eveler/limiter (Aphex Compellor®). Product
courtesy of Aphex Systems.

3.5.1.1 Compressors

A compressor gradually reduces the signal output level above a threshold point as the
signal input level increases. These devices work by monitoring the root-mean-square
(RMS) signal level, which corresponds to the perceived signal loudness. The ratio of
the change in the signal output level to the signal input level (input:output) is the -
compression ratio. Most compressors have adjustable compression ratios between
1.5:1 and 4:1. For example, a 3:1 compression ratio would result in an input signal
level increase of 3 dB having a 1 dB increase in output level. The audible effect of
compression 1s to make the loud portions of the program quieter.

Compressors can be used to limit the overall sound system output level or to
selectively reduce the output of certain input signals. The former application would
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include reducing the dynamic range of the signal so a sound system can produce
higher sound levels in a noisy environment before overload distortion becomes
audible. The latter application would include reducing the output of a vocalist’s

microphone, who might be 5 to 15 dB higher in level, relative to accompanying
vocalists or instrumentalists.

Adjustment of compressors involves setting the aftack time (to reduce the level) and
the release time (to restore the level) at the threshold point based on the anticipated
signal content. Fast attack times (less than 20 ms) and slower release times (2 to 3 s)
sound the most natural. Figure 3-14 shows typical compression and limiting response

characteristics.
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FIGURE 3-14. Typical compression and limiting response curves
showing relationship between input and output levels.

3.5.1.2 Limiters

Limiters are similar to compressors with the exception that they use higher
compression ratios, between 5:1 and 20:1, and respond to the signal peaks. The
purpose of a limiter is to prevent the signal from exceeding a predefined threshold
level, above which the signal output can not increase. In this regard, this device can
be referred to as a leveling amplifier.
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Limiters are usually adjusted to have faster attack and release times than compressors
since the intent is to prevent short-term momentary or transient signal overload.

3.5.1.3 Expanders

Expanders can be considered to be a compressor operating in reverse and are used to
increase the dynamic range of a low-level signal by reducing the signal level below
the threshold point. Most expanders have gentle expansion rates between 2:1 and 4:1.
A frequent use of an expander is for noise control. The audible effect of expansion is
to make the quiet portions of the program quieter. Figure 3-15 shows typical
expansion response characteristics.
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FIGURE 3-15. Typical expansion response curves showing relationship
between input and output levels.

A special type of expander, with greater expansion ratios, is a noise gate. This device
prevents unwanted noises, as can occur with an open microphone, from entering the
sound system by reducing the output to zero, once the signal has dropped below the
threshold level.
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3.5.2 Frequency Equalizers

Frequency equalizers adjust the relative balance between low-, mid-, and high-
frequency portions of the audio signal by boosting or attenuating the signal
amplitude. An electrical filter, or more commonly, a series of electrical filters are
used to construct a frequency equalizer. The filter design uses minimum phase
networks so the phase shift associated with the amplitude correction does not result
in excessive all-pass group delay.

As noted above, signal mixers often have limited frequency equalization capabilities,
however separate frequency equalizers can provide greater control of sound system
frequency characteristics. Frequency equalizers are classified as broadband or
narrowband devices. Broadband equalizers are used to smooth out the sound system
power response. Narrowband equalizers are used to adjust specific frequencies.
Frequency equalizers can be further subdivided into shelving, graphic, parametric,
and notch types. Shelving equalizers are broadband devices. Notch equalizers arc
narrowband devices. Graphic and parametric equalizers can have both broadband and
narrowband frequency equalization characteristics. Regardless of the type of
frequency equalizer used, careful adjustment through precise electro-acoustical
measurements is necessary to optimize full performance capabilities.

Frequency equalizers are commonly mistaken as a panacea for improving all sound
system performance problems. The user must be able to distinguish between what
these devices can and can not do. Common applications and limitations of frequency
equalizers are described below.

1. Frequency equalizers are most useful in modifying the loudspeaker
direct sound output. Doing so will provide a more evenly balanced
sound in the audience seating area. Modifying the direct sound will
affect the spectral content of room surface sound reflections which will
to a lesser degree affect the reverberant sound.

Nonuniform loudspeaker coverage, poor loudspeaker-to-room
interface, or room standing waves can not be corrected through
frequency equalization.

2. Minor variations in mid- to high-frequency response due to the effects
of surface boundary absorption near the loudspeaker can be corrected.

Major modifications to the room reverberant sound, so-called “tuning”
a room, are not possible with a frequency equalizer since the room
acoustical properties include both time and frequency domain
phenomena. Frequency equalizers can not correct for time domain
phenomena. For example, a notch in the frequency response of a
loudspeaker caused by the direct sound combining with reflected
sound can not be corrected with a frequency equalizer.
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3. Minor deficiencies in loudspeaker frequency response can be corrected
and the loudspeaker frequency range can be moderately extended or
flattened. Horn loudspeakers start to roll-off between 3,000 and 4,000
Hz and cone loudspeakers start to roll-off between 5,000 and 6,000 Hz.
Special equalization networks have been developed to compensate for
directivity characteristics of certain loudspeakers, such as cownstant
directivity horns, which have a relatively constant directivity factor
versus frequency characteristic, requiring boosting above
approximately 3,000 Hz for flat power response.

Frequency equalizers can not provide major modification to
loudspeaker frequency response, overly correct for poorly designed
devices, or compensate for loudspeakers operating beyond their
intended performance limits.

4. Maximizing gain-before-feedback wusing mnarrowband frequency
equalizers can improve sound system performance by attenuating
feedback frequency ring modes. The narrowband filters used for
feedback control are based on the transfer function between the
relative position between the microphone and loudspeaker.

Making a sound system free of feedback using narrowband
equalization is not possible due to the unstable nature of feedback
frequencies caused by changes in position between the microphone
and loudspeaker and the varying signal spectral content. Newer
automatic feedback controllers, which automatically detect feedback
frequencies and insert a narrowband filter at that frequency, have
improved ability to dynamically control feedback.

5. The overlapping of the frequency filter bandwidth skirts makes precise
frequency equalization adjustment difficult. Equalization in one
frequency band will affect the response in adjacent lower and higher
frequency bands. This characteristic is more apparent with equalizers
having wider frequency filter bandwidth skirts. Perfect equalization is
not possible and compromises in the resultant equalization
characteristic must be accepted.

(See Technical Notes, Section 3.F, at the end of this chapter, for additional
information on frequency equalization practices.)

3.5.2.1 Shelving Equalizers

Shelving equalizers provide basic tone control functions at low- and high-frequencies
with up to 12 dB of boost or cut. These devices provide little control at mid-range
frequencies between approximately 250 and 2,500 Hz. The knee-point can be either
fixed or adjustable. The fixed low-frequency knee-point is typically around 100 Hz.
The fixed high-frequency knee-point is- typically around 10,000 Hz. Adjustable
shelving filter knee-points are variable over a range of several octaves.
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A high-pass filter provides attenuation of low-frequencies while permitting higher
frequencies to “pass” through the equalization network. Similarly, low-pass filters
provide attenuation of high-frequencies permitting low-frequencies to “pass” through
the equalization network. Figure 3-16 shows typical shelving equalizer response
characteristics.
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FIGURE 3-16. Typical shelving equalizer curves from Shure DFR11£Q showing relationship
between frequency and cut characteristics. The low-cut shelving starts at 200 Hz and the hi-
cut shelving starts at 2,000 Hz. Both low- and high-frequency responses roli-off at 12
dB/octave. Note relatively smooth frequency response between 200 and 2,000 Hz. Data
after Shure Brothers, Inc.

3.5.2.2 Graphic Equalizers

The most common frequency equalizers are one-third octave band and two-third
octave band graphic equalizers. These devices provide up to ::12 dB boost and cut of
signals, with some devices providing a cut function only. The frequency equalization
filters are on International Standards Organization (ISO) band center frequencies.
One-third octave band equalizers have 15 to 31 fixed frequency bands between 31.5
and 16,000 Hz. Two-third octave band equalizers have 8 to 16 fixed frequency bands
between 31.5 and 16,000 Hz. Many graphic equalizers also include fixed or
adjustable low-pass and high-pass shelving filters. Figure 3-17 shows two graphic
equalizers.
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FIGURE 3-17. One-third octave band graphic frequency equalizers 15-band
two-channel type (Peavey RTD™ 215 top) and 28-band single-channel type
{White 4828 bottom). Products courtesy of Peavey Electronics Corporation
and White Instruments. '
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One-third octave band graphic frequency equalizers are flexible enough to provide
precise frequency adjustment to tailor frequency response to the desired equalization
characteristic. Two-third octave band graphic equalizers are too broad in their
response characteristics for precise frequency control but are useful for adjusting the
overall power response and tonal characteristics of the sound system.

Both graphic frequency equalizer types are available with fixed or variable filter
bandwidth @ characteristics. The latter type varies the bandwidth based on the
amount of boost or cut. Narrower bandwidths, characteristic of greater boost or cut
settings and higher Q, resulting in sharper frequency response curves.

Another characteristic of graphic frequency equalizers is how the adjacent band
filters interact. Equalizers with combining filters have a smoother transition to
adjacent frequency bands which interact to produce a smoother resultant response,
compared to equalizers with non-combining filters. Figure 3-18 shows typical
graphic equalizer response characteristics.

FIGURE 3-18. Typical one-third octave band graphic frequency equalizer curves from
Shure DFR11EQ showing relationship between frequency and boost and cut
characteristics. The frequency cuts are at 100 and 10,000 Hz with 12 dB attenuation at each
frequency. The frequency boost is at 1,000 Hz with 6 dB increase. Note overall interaction of
different frequency bands. Data after Shure Brothers, Inc.

Finally, some graphic frequency equalizers are available as cut-only devices. In many
sound reinforcement applications these devices are preferred since they introduce
less noise by cutting frequency bands outside the desired program frequency range,
thus increasing the S/N ratio. Some sound system designers feel it is better to cut
frequency peaks than to boost adjacent frequency dips to equal the frequency peaks,
since the boosting may potentially cause signal overload and excess phase anomolies.

3.5.2.3 Parametric Equalizers

Parametric equalizers are “tunable” devices having adjustable center frequencies,
variable passband Q, and controllable boost and cut features. Typically, three to five
separate filters are included to provide equalization for a particular frequency range.
Parametric equalizers can provide more precise control of problem frequency regions
than graphic equalizers. Broadband boost or cut over several octaves or narrowband
boost or cut over a fraction of an octave can be achieved with a parametric equalizer.
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Since both the frequency and Q are adjustable, a minimum amount of boost or cut
can be used, resulting in less interaction with adjacent frequency bands. When
adjusted to a low Q setting, the parametric equalizer provides broadband frequency
tailoring. Higher values of Q are useful for notch filtering. Figure 3-19 shows typical
parametric equalizer response characteristics.
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FIGURE 3-19. Typical parametric equalizer curves from Shure DFR11EQ showing
retationship between frequency and boost and cut characteristics. The frequency cuts are at
100 Hz with 12 dB aftenuation over a 2 octave bandwidth and 10,000 Hz with 12 dB
attenuation over a 1/40 octave bandwidth. The frequency boost is at 1,000 Hz with 6 dB
increase over a 2/3 octave bandwidth. Note less interaction of different frequency bands
compared to one-third octave graphic equalizer. Data after Shure Brothers, inc.

Common design practice is to use both graphic and parametric equalizers for
optimizing sound system performance. The graphic equalizer is used to adjust the
overall power response characteristic and the parametric equalizer is used to provide
precise adjustment of selected frequency regions, either for electro-acoustical control
or artistic effect.

3.5.2.4 Narrowband Equalizers

In the 1950s the late acoustician Paul Boner developed the concept of frequency
selective notching to improve sound system gain-before-feedback by using tuned
narrowband filters inserted between the signal mixer output and the power amplifier
input. This concept was refined by Don Davis in 1967, then at Altec-Lansing, where
the “Acousta-Voicing” equalizer was developed.

The bandwidth of these filters is extremely narrow, on the order of less than 5 Hz,
and their attenuation characteristics can approach 50 to 60 dB. Narrow band
cqualizers are cut-only devices and can be separate adjustable filter sets or hardwired
circuits specific to the sound system ring modes. Figure 3-20 shows typical
narrowband equalizer response characteristics.
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FIGURE 3-20. Typical narrowband equalizer curves from Shure DFR11EQ showing
relationship between frequency and cut characteristics. The frequency cuts are at 100 Hz
with 12 dB attenuation and high Q filter characteristics, 1,000 Hz with 12 dB attenuation with
low Q filter characteristics, and 10,000 Hz with 12 dB attenuation with high Q filter
characteristics. Note the wider frequency bandwidth atienuation characteristics at 1,000 Hz
compared to 100 and 10,000 Hz. Data after Shure Brothers, Inc.

The disadvantage with these equalization methods is the feedback frequencies are not
adjustable in real time. If the transfer function between microphone and loudspeaker
changes, as occurs when the microphone moves, the fixed narrowband equalizer may
not be tuned to the new ring mode frequency. Current practice is to now use DSP-
controiled devices which detect, attenuate, and adjust automatically to new feedback
frequencies as the transfer function changes.

3.5.2.5 Minimum User-Adjustable Equalizers

One recent trend in frequency equalizers is to provide devices which have a
minimum, or no, user-adjustable controls. The main purpose of this is to prevent
unauthorized adjustment of the equalization response and the necessary future
service call from the sound system contractor to correct the misguided error. The
frequency equalizers are typically one-third octave graphic types and have memories
where different settings can be stored and recalled later by the user to suit varying

FIGURE 3-21. Minimum user-adjustable one-third octave band frequency
equalizers 28-band single-channel type (Peavey CEQ™ 280a top and White
4700 bottom). Products courtesy of Peavey Electronics Corporation and
White Instruments.
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program requirements. The initial set-up is performed by the sound system contractor
using precision electro-acoustic measurement equipment to adjust the equalizer to
the desired response settings. Recall of predefined system equalization is by
pushbutton control on the frequency equalizer front panel. Figure 3-21 shows two
minimum user-adjustable equalizers.

3.5.3 Signal Delay Lines

Signal delay lines are audio components that time delay a signal relative to a
reference signal. These devices take advantage of two primary psycho-acoustic
phenomena: (1) the incident direction of sound arriving first at the listener is
perceived more strongly while short term delayed secondary sounds are suppressed
(Law of the First Wavefront) and (2) secondary sounds, even if higher in level,
arriving within approximately 30 ms after the primary sound are integrated by the
ear/brain and only one apparent louder signal is perceived (FHaas/precedence effect).

(See Technical Notes, Section 3.G, at the end of this chapter, for additional
information on the Haas/precedence effect.)

Signal delay lines operate in the digital domain. The incoming audio signal in
converted from its analog format to a digital format which is electronically stored as
16 to 20 bit word lengths, retrieved to affect the desired delay time, and finally
converted back to analog format before being routed to other sound system
components, The delay time is user-adjustable by front panel controls or through a
computer-controlled software interface. Delay times can be short, between several
microseconds and 30 ms, or long, between several milliseconds and 1.5 s. Signal
delay lines have one or two inputs and three or four outputs which are useful for
setting different delay times for multiple loudspeaker zones, common in large spaces.
Figure 3-22 shows a signal delay line.

FIGURE 3-22. Signal delay line (Peavey iDL™ 1000). Product courtesy
of Peavey Electronics Corporation.
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Improving the naturalness of amplified sound and correcting certain audio signal
problems are the primary uses for signal delay Hnes. Common applications of signal
delay lines are described below.

1. The perception of auditory realism can be improved by “pulling” the
loudspeaker signal towards the talker’s position, thus localizing the
auditory image with the visual cues from the talker.

2. Artificial echoes from widely spaced loudspeakers whose signals
arrive at the listener more than 30 ms apart can be eliminated.

3. Synchronizing the electrical signal input to loudspeakers covering the
same audience seating area can eliminate uneven frequency response
comb filtering due to sclective phase cancellation of loudspeaker
signals arriving at slightly different times.

4. Correcting signal alignment problems at the crossover frequency in
multi-way loudspeaker systems where the low-frequency driver
reproduces frequencies above the crossover point, and the high-
frequency driver reproduces frequencies below the crossover point,
resuiting in comb filtering due to comon signals which arrive at the
same location at slightly different times.

5. Electronic “aiming” of a line source array (column) system, by varying
the timing of electrical signals to each driver, can alter the “shape” of
the column, thus changing its directional pattern characteristics.

Most loudspeaker configurations can benefit from signal delay and their application
1s discussed below.

1. Ceiling distributed full-range loudspeakers are frequently used to
provide sound coverage under an auditorium balcony or church
transept where a central cluster system can not provide coverage due to
acoustical shielding by an architectural element. In this application the
delay line is used to delay the signal to the ceiling loudspeakers so the
perceived sound arrival is from the stage or chancel.

2. Distributed column or small full-range loudspeakers are often used in
long narrow spaces, such as a cathedral or central atrium. Several delay
zones, corresponding to greater distances from the primary sound
source are commonly used. Each delay zone is provided with a
separate signal delay setting to pull the auditory image towards the
primary sound source.

3. Remote loudspeakers in stadium, amphitheater, and other outdoor
sound systems are used in delay towers for providing coverage to
remote seating areas. Due to the great distances between the primary
loudspeakers and the delay towers there exists the potential for an
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artificial echo to occur at the remote seating 1ocat10ns Signal delay is
used to eliminate this echo problem.

4. Large conference rooms or hotel ballrooms may require several delay
zones to progressively delay ceiling distributed full-range
loudspeakers to distant seats to pull the audltory image back to the
lectern or head table.

(See Technical Notes, Section 3.H, at the end of this chapter, for additional
information on the psycho-acoustic basis of signal delay.)

3.5.4 Crossovers

Crossovers are electronic devices which comprise resistors, capacitors, and inductors
in a tuned circuit(s) which divide the audio signal into separate frequency limited
passbands. The passband outputs are routed to other audio components or directly to
the individual drivers within a loudspeaker enclosure. Crossovers are used to tailor
the frequency spectrum of the signal routed to specific drivers. They also can protect
drivers by preventing low-frequency signals from being routed to high-frequency
drivers. Crossovers are classified by their signal level, order, or the number of
passbands.

3.5.4.1 Signal Level Characteristics

Crossovers are designed to handle either high-level or low-level signals.

High-level crossovers are passive high-current devices which are used after the
output of the power amplifier and are commonly installed within loudspeaker
enclosures and on coaxial loudspeaker frames. The crossover network subdivides and
routes the audio signals to the separate drivers. Moderate power handling capabilities
and the need for specific tuning to accommodate the differences in sensitivity
between the individual drivers are necessary in the design of high-level crossovers.
As such, these devices are loudspeaker system specific and often require
modification when different drivers are used. The advantages of high-level
crossovers include simplicity of use, since the crossover in integral with the
loudspeaker system, and lower cost.

Low-level crossovers are active low-current devices which are used before the input
to the power amplifiers and are common in bi-amplified or tri-amplified applications.
These devices provide a wide range of flexibility to adjust the crossover frequency,
passband attenuation charactenistics, and output level. Some low-level crossovers
provide minimal time delay or phase adjustment for signal alignment through the
crossover region. Advantages of low-level crossovers include preserving the
amplifier damping factor, maintaining coupling of the amplifier to the loudspeaker,
lower distortion, optimizing driver response characteristics, and flexibility in sound
system design.
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3.5.4.2 Order Characteristics

The number of poles a filter possesses is the filter order. It is characterized by the
slope in dB/octave of the filter response over the stopband and is equal to 6 times the
order. Thus, a first order filter has one pole with a total slope of 6 dB/octave, a second
order filter has two poles with a total slope of 12 dB/octave, et cetera. Normally, the
highest order filter used in crossovers is the fourth order. Higher order (18 and 24
dB/octave) filters have greater phase shift and more audible effects compared to
lower order (6 and 12 dB/octave) filters. However, lower order filters may not have
sufficient attenuation below the cutoff, or crossover frequency, to block the passage
of undesired signals.

3.5.4.3 Number of Passbands

The frequency at which the signal is divided is referred to as the crossover frequency.
Thus, a 500 Hz two-way crossover would split the signal at 500 Hz into two
passbands, one below 500 Hz and one above 500 Hz. At the crossover frequency the
upper and lower passbands are 3 dB down, so when the signals combine, the signal is
restored to unity level at the crossover frequency. Figure shows typical crossover
response characteristics.

CROSSOVER RESPONSE AT 500 Hz

Level, dB

;, [\

3156 63 125 250 500 1000 2000 4000 8000 18000
Frequency, Hz

FIGURE 3-23. Typical crossover frequency curves showing relationship
between low- (left} and high-pass (right) section characteristics.

Crossovers are available in two-, three-, and four-way configurations. Two-way
crossovers commonly split the signal at 500 or 800 Hz. Three-way crossovers
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commonly split the signal at 500 and 1,500 or 3,000 Hz. Four-way crossovers
commonly split the signal at 500, 2,000, and 5,000 Hz.

3.5.5 Multi-Purpose Signal Processing Devices

Recent developments with DSP technology have made it possible to combine
multiple signal processing functions into one component. These devices are
classified either as loudspeaker signal processors, which are specific to a particular
manufacturer’s loudspeaker model, or general purpose signal processors which can
be used in any sound system. The primary advantage with the latter is the signal
processing flexibility is contained in a small package, typically less than three rack
spaces high, replacing several dedicated signal processing components. This can be
an advantage where equipment rack space is at a premium. The multi-purpose signal
processing devices are often less expensive than the multiple dedicated components
they often replace. Figures 3-24 and 3-25 show different multi-purpose signal
processing devices.

ates! ...g._ r— _w:_“":.—-. % -ggguc}
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FIGURE 3-24. Multi-purpose signal processing devices (Shure DFR11EQ top,
White Instruments ParaMedic middle, and White Instruments 50241Q bottom).
Products courtesy of Shure Brothers, Inc. and White Instruments.
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FIGURE 3-25. Multi-purpose signal processing devices (Peavey X-Frame™,
top and Peavey CEX™35, bottom). Products courtesy of Peavey Electronics
Corporation.

3.6 Monitoring Sound Systems

It is necessary to monitor the sound system to check signal levels, verify that
overload or distortion arc not present, and confirm that signals are routed to the
correct locations. Visual meters and loudspeakers are commonly used to monitor the
signals. Computer control of monitoring functions is becoming more common.

3.6.1 Meters

Visual monitoring of audio signals
is most commonly done with
volume wunit (VU) meters. The
advantages with the VU meter are
its  respomse  provides an
approximate average of the signal
level and corresponds closely to
human hearing characteristics. The
main disadvantage with the VU
meter is it is not fast enough to
respond to short-term transient

signals which may momentarily :
overload the audio equipment. FIGURE 3-26. Typical peak-reading LED ramp (left)

Often LED “ramy” meers are sed s mmn ooy 7 08
to monitor transient peak signal
levels which have varying dynamic
characteristics. These meters can provide a better indication of signals which might
overload audio equipment. Peak responding LEDs are frequently used in
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combination with VU meters to monitor transient signals of at least 10 ms duration to
assess both average signal levels and high-level short duration signals. Figure 3-26
shows standard VU meters and peak responding LED level indicators.

3.6.2 Monitor Loudspeakers

Loudspeakers are used to audibly monitor audio equipment signals. Monitoring can
be achieved with a loudspeaker connected across the sound system output, prior to
the main sound system power amplifiers, or by using a switchable loudspeaker that
can be connected across different sound system components. General purpose
monitor loudspeakers are small full-range devices less than 8 in diameter which are
mounted to a standard 19 in rack mount panel installed on the front of the equipment
rack. High quality monitor loudspeakers using separate low-frequency and high-
frequency drivers are often mounted above the mixing console in an audio control
room.

3.7 Gomputer Control of Sound Systems

Computer control of sound systems is becoming common for communication
between components, monitoring equipment operational status, adjusting system
parameters from remote locations, and providing customized signal mixing,
processing, and routing functions. These systems can take the form of individual
components executing standardized communication system protocols operating
through network contro! systems to complete DSP-based computerized sound
systems. While still in their infancy, computer controlied sound systems will be the
basis of future sound system design. Like anything digital, this is a fast evolving field
and whether the communication standards, network control systems, or computerized
sound systems described below survive into the future remains open.

(See Technical Notes, Section 3.1, at the end of this chapter, for additional
information on DSP theory.)

3.7.1 Communication Standards

Electronic industry trade association and manufacturer-derived communication
standards have been developed to permit communication and control of audio
equipment from different manufacturers and within a specific manufacturer’s product
line. Communication standards can be subdivided into communication protocols and
network control systems.

3.7.1.1 Communication Protocols

Communication protocols are sanctioned universal standards developed by industry
trade associations to permit compatibility between different equipment. Some
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commonly used communication protocols include musical instrument digital
interface (MIDI), RS-232, RS-422, RS-485, and Firewire®.

3.7.1.1.1 MIDi

MID] is a serial communications protocol developed in the early 1980s as a means to
control electronic musical instruments and interconnected signal processing
equipment. Some signal mixers, signal processing equipment, and tape recorders are
MIDI compatible. The data transfer rate of MIDI is restricted to 31.25 kbaud. This
speed is sufficient for musical instrument control but often is not fast enough for real
time sound system control and special provisions may need to be made.

Equipment having MIDI control capabilities are provided with dedicated ports
(MIDI IN, MIDI THRU, and MIDI OUT). The specific port type(s) will depend if the
equipment generates or receives MIDI commands. Connection between equipment is
made with five pin DIN plugs. Cable length for MIDI control is limited to 50 ft.

3.7.1.1.2 RS-232, RS~422, and RS-485

The RS-232, RS-422, and RS-485 communication protocols have been standardized
by the Electronic Industries Alliance (EIA) and the Institute of Electrical and
Electronic Engineers (IEEE) for communication between computers and other digital
equipment.

RS-232 control is found on computers and uses an unbalanced configuration for
sental data fransfer having a maximum speed of 19.2 kbaud. Equipment which is RS-
232 compatible has 25 or 9 pin D subminiature connectors. Cable lengths for RS-232
control are limited to 15 ft for high data transfer rates. Longer cables can be used, but
the data transfer rate is considerably slower.

RS-422 is similar to RS-232 except it uses a balanced configuration and the data
transfer rate is faster, between 19.2 kbaud and 2 Mbaud in the standard mode and up
to 10 Mbaud in the fast synchronous mode. Equipment which is RS-422 compatible
has 9 pin D subminiature connectors. Cable lengths up to 4,000 ft can be used at a
19.2 kBaud transfer rate, but faster transfer rates require shorter cables. The AES has
adopted a modified version of RS-422 as standard PA-422 for control of audio
system equipment, which restricts the data transfer rate to 19.2 kbaud.

RS-485 a balanced configuration similar to RS-422 except the data transfer rate is
faster, up to 10 Mbaud. A variety of connectors, including, 9 pin D subminiature,
phoenix, and RJ-45, are used with RS-485 compatible equipment. Cable lengths up
to 4,000 ft can be used without degradation of signal transmission characteristics.
The most common cable type used is CAT-5 data cable, which is an industry standard
cable for telecommunication systems.

3.7.1.1.3 Firewire®

Firewire® is a serial communications protocol developed by Apple Computer in the
mid 1980s for their computers and accessories. It has since been standardized as
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IEEE 1394 and is now an open communication protocol that has been adopted by
most personal computer system hardware and operating system manufacturers. The
protocol is compatible with Dolby Pro Logic™, Inc., Dolby AC-3™, DVD, digital
broadcasting services, electronic musical instruments, and other digital formats. A
system network can be created with over 64,000 interconnected devices and 833
channels when the highest data transfer rate is used.

Two primary modes of data transfer, asynchronous and isosynchronous, are
implemented. Twenty percent of the signal bandwidth is dedicated to asynchronous
transmission, which is used for less critical data, such as control signals. The
remaining 80 percent of the signal bandwidth is dedicated to isosynchronous
transmission which is used for critical data, such as synchronization of audio and
video signals.

Three data transfer rates are supported by IEEE 1394: (1) 98.3 Mbaud; (2) 196.6
Mbaud; and (3) 393.2 Mbaud, referred respectively as S100, S200, and S400.
Equipment which is IEEE 1394 compatible uses a specialized six pin connector, with
four pins for carrying data and two pins for carrying power. Cable lengths are limited
to 15 ft for 24 AWG cable, 45 ft for 22 AWG cable, and 330 ft for fiber optical cable.
Longer cables can be used, but slower data transfer rates result.

3.7.1.2 Network Control Systems

Network control systems have been developed by specific equipment manufacturers
to permit control of their remotely located sound system equipment. Often a
manufacturer’s proprietary network control system is adopted by other manufactures
and becomes an industry-wide de-facto standard.

3.7.1.2.1 CobraNet™

CobraNet™ was developed by Peak Audio in 1996 as a control system for sound and
video systems. It operates over a standard 100 Base-T Ethernet network to
communicate between equipment via CAT-5 data cable or fiber optic cable. The key
to the CobraNet™ system is that it converts the sporadic real time nature of the
Ethernet network into a reliable real time transmission medium, which is important
when synchronizing different audio and video channels from different sources.

The system is capable of carrying digital audio, video, and control signals with up to
64 data channels using 20 bit digital word lengths sampled at a 48 kHz resolution in
an uncompressed format on a single CAT-5 data cable. CobraNet™ supports RS-232,
RS-422, and RS-485 communication protocols. It has been licensed to over 30 major
audio equipment manufacturers and is becoming an industry standard for
communication between equipment.

3.7.1.2.2 Crest NexSys®

NexSys® was developed by Crest Audio in 1991 to provide communication and
control via computer interface between Crest power amplifiers and MIDI controlled
devices. The basic system tracks sound system performance and executes statistical
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functions to determine whether the power amplifiers are operating in a safe and
optimal manner. Advanced functions can provide automated event scheduling,
frequency equalization, digital signal processing, and automatic sequential switching
control of power amplifiers. ‘

System control between NexSys® and peripheral equipment is carried out by
interface cards using RS-485 communication protocol. One controller is located
between the computer and the power amplifiers and a second controller is located
between the output of the power amplifiers and the input to the loudspeakers. Twisted
pair cable is used to deliver the communication signals. Interconnected equipment
can be separated up to 4,000 fi.

3.7.1.2.3 Crown IQ® System

Crown developed the IQ® System in 1987 to provide computer communication and
control of Crown power amplifiers. The system functions have been expanded to
include control of signal mixers, distribution/routing amplifiers, and frequency
equalizers. Other manufacturers have developed power amplifiers and signal
processing equipment which are IQ® System compatible. Some functions available
with the IQ® System include monitoring of power amplifier operating status, signal
mixing and routing, frequency equalization, and ambient noise level sensing.

Communication between equipment and the computer is via RS-232 or RS-422
protocol distributed in a current loop operating at 38.4 kbaud. Equipment is
connected in series using 26 AWG twisted pair cable with a cable length up to
4,000 ft. Cable connection to the equipment is by four pin barrier strips or five pin
DIN connectors.

3.7.2 Computerized Sound Systems

The latest development in sound systems is to combine DSP signal processing and
computer technology to create user customizable sound systems. These systems
handle all signal processing and routing functions from the microphone output to the
power amplifier input. Connecting microphones, power amplifiers, and loudspeakers
completes the sound system.

3.7.2.1 Peavey Media Matrix® System

Peavey Electronics developed the Media Matrix® system in 1993 as a stand alone
computerized audio processing system. The Media Matrix® system is a combination
of software, developed by Peak Audto, and audio components, developed by Peavey
Electronics. The basic audio components include a computerized processing frame,
DSP cards, and combination A/D and D/A converters. Different size Media Matrix®
systems have been developed to suit a variety of sound system design requirements.
Control of remote amplifiers and other audio equipment from the Media Matrix®
system is through RS-485 communication protocol. Visual monitoring of the system
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is by a standard computer CRT. Figure 3-27 (above) shows a Peavy Media Matrix®
miniframe system

System
controller

card
5 Netwark
: card

Power supply

DPU card

Passive Back Plane

FIGURE 3-27. Computerized sound system (Peavey MediaMatrix® Miniframe 760nt™).
Photo courtesy of Peavey Electronics Corporation.

To create a sound system using Media Matrix®, the designer develops a functional
block diagram within the computerized processing frame from a library of
predefined audio function software modules. Some available audio function modules
include: (1) signal mixing; (2) compression, limiting, expansion, and gating; (3)
frequency equalization; (4) signal delay; (5) gain control; (6) crossover and
frequency subdivision; (7) signal distribution and routing; and (8) monitoring and
control. Additionally, the designer can create custom audio function modules. Each
separate DSP card within the computerized processing frame can handle up to 32
inputs and 32 outputs. A total of 256 channels of 24 bit digital audio can be included
in a sound system design.

Once the sound system block diagram is completed, the sound system design is
compiled by the computer within the processing frame to create a working system
file which is loaded into the system. DSP cards within the computerized processing
frame execute the audio system functions in real time. The system has the flexibility
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to run without operator control or to permit manual control by an operator, similar to
a standard sound system.

The audio signal inputs from microphones and line level devices are connected to a
preamplifier with output to an A/D converter. The digital signal output from the A/D
converter is routed to the computerized processing frame. Output from the processing
frame is routed to a D/A converter which converts the digital signal back to an analog
signal which can be connected to power amplifiers or other audio equipment.

3.7.3 Remote System Controllers

Remote system controllers provide a means to select equipment operational
parameters and activate other sound system related functions, such as video
presentation systems, projection screens, and light dimmers. These systems are
commonly installed in boardrooms, conference rooms, classrooms, and similar
spaces where a non-technical user needs to control the sound system.

The remote system controller comprises a modular control frame and a touch screen
panel. The modular control frame is located in the equipment rack. The touch screen
panel is typically installed in lecterns, moderator/chairman panels, court clerk desks,
or on the room object wall. Communication between the touch screen, control frame,
and the sound system is through RS-232, RS-422, or PA-422 protocols. Control of
the sound system and other related equipment is made at the touch screen which
sends signals to the modular control frame to activate the selected equipment.
Customized programming by the product manufacturer or the sound system
contractor is necessary to implement the specific equipment control functions. Figure
3-28 shows a small remote system controller.

FIGURE 3-28. Remote system controlier comprising
touch screen (Creston ST 1550C top} and system
controller {Creston ST-CP bottom). Products courtesy
of Creston Electronics, Inc.
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5.8 Power Amplifiers

Power amplifiers are electronic
devices which increase the
voltage gain of a line level signal
to a high level (loudspeaker)
signal. They are the last active
component in the sound system
signal path and are placed before
the loudspeakers. Power
amplifiers are available as a
stand alone component intended
for high quality sound systems
or integrated with other
components, such as
preamplifiers, frequency
equalizers, or signal mixers to
FIGURE 3-29. Power amplifiers (Crest Audio Vs900 top and Crest Audio  comprise an integrated package
CAG6 bottom). Products courtesy of Crest Audio, Inc. intended for modest sound

- systems. Figure 3-29 shows two
power amplifiers.

The electronic circuitry of a power amplifier comprises an input stage, driver stage,
output stage, and a power supply. The input stage increases the amplifier voltage
gain. An input attenuator (volume control) is part of the input stage and adjusts the
output level of the power amplifier. The driver stage controls the output devices
(power transistors) and splits the signal into positive and negative components to
drive the power transistors. The ouiput stage connects the positive and negative
portions of the power supply to the loudspeaker load and controls the output in
response to the applied audio signal. The power supply converts the 120 VAC from
an electrical power receptacle into a DC voltage used by the power amplifier
circuitry.

Power amplifiers are classified by the number of output channels (single, dual, or
multi-channel), the output impedance/voltage configuration (low impedance/variable
voltage or high impedance/constant voltage), and the power output characteristics.

(See Technical Notes, Section 3.J, at the end of this chapter, for additional
information on different amplifier output stage classes.)

3.8.1 Number of OQutput Channels

Different power amplifier output channel configurations are available and can
comprise single-channel (monophonic), two-channel (stereophonic), and multi-
channel (three-, four-, six-, eight-, or 16-channels). Most dual and multi-channel
power amplifiers share a common power supply, however higher powered amplifiers
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may use separate power supplies for each channel. Some multi-channel power
amplifiers are based on a modular format with separate power amplifier channel
“cards” which plug into a common frame/power supply to create customized
configurations. Single chassis two-channel power amplifiers are the most commonly
used amplifier configuration in sound systems.

3.8.2 Impedance/Voltage Characteristics

Power amplifiers are broadly classified as either low impedance/variable voltage or
high impedance/constant voltage devices.

3.8.2.1 Low Impedance/Variable Voltage Amplifiers

Low impedance/variable voltage power amplifiers drive loudspeakers having
nominal input impedances of 4, 8, or 16 Q. The output voltage (V) developed by the
power amplifier when connected across a loudspeaker varies as a function of the
input signal level, loudspeaker impedance (Z), and the amplifier power supply.

Power amplifiers are rated by the amount of electrical power (P) in watts delivered to
the connected load impedance (Z). The P of a low impedance/variable voltage power
amplifier due to Z can be calculated using the following equation:

VZ

P=— \ (3.1)
Z

where,

P is the power output of the amplifier, watts

A\ 1s the voltage drop across the loudspeaker, volts

Zz is the nominal impedance of the loudspeaker, chms

Advantages of low impedance/variable voltage power amplifiers include potential for
high sound levels and flexibility in powering specific loudspeakers. Low
impedance/variable voltage power amplifiers are used where high quality sound
reproduction is required.

3.8.2.2 High Impedance/Constant Voltage Amplifiers

High impedance/constant voltage amplifiers are used where lesser quality sound
reproduction and lower sound levels are acceptable. A constant voltage power
amplifier, usually operating at 70.7 V (although 25 and 100 V systems are common),
is connected to distributed loudspeakers normally installed in the ceiling. The
loudspeakers are connected by “step-down” transformers in a parallel configuration
across the power amplifier output. The loudspeaker transformer matches the load
impedance of each loudspeaker to the power amplifier. The primary tap of the

~ loudspeaker transformer is adjusted to draw a specified amount of power from the
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output of the amplifier. The secondary tap of the loudspeaker transformer is adjusted
to match the loudspeaker impedance.

The amplifier power output (P} is regulated enabling it to maintain a constant voltage
regardless of the load impedance (Z). It acts as a voltage source which does not
change providing there is adequate current. Proper power amplifier loading occurs
when the sum of the total power delivered to the individual loudspeaker transformers
does not exceed the amplifier power output rating. The power amplifier output can
provide a constant voltage by one of three means: (1) external step-up transformer;
(2) internal step-up transformer; or (3) high voltage transformerless output section.
The first two methods increase the power amplifier output voltage to the system
operating voltage, typically 70.7 V.

When properly loaded, all of the power from the amplifier will be delivered to the
loudspeaker line. The P of a high impedance/constant voltage power amplifier due to
Z. can be calculated using the following equation:

P = "o (3.2)
Z

where,

P 1s as above ,

Z is the impedance of the fully loaded loudspeaker line, ochms

5000 is constant for 70.7 volt lines

Advantages of high impedance/constant voltage power amplifiers include ease of
mstallation, flexibility in adding or removing loudspeakers, and use of smaller gauge
loudspeaker cable. High impedance/constant voltage power amplifiers are used
where lower quality sound reproduction is required. -

3.8.3 Power Qutput Characteristics

Low impedance/variable voltage power amplhfiers have typical outputs between 60
and 800 W per channel, with devices in the 100 to 200 W per channel range finding
the majority of application in sound systems.

High impedance/constant impedance power amplifiers have outputs between 100 to
250 W per channel, but the output delivered to the loudspeaker itself is controlled by
the primary tap setting on the loudspeaker transformer.

3.8.3.1 Amplifier Channel Bridging

Some dual and multi-channel power amplifiers have the capability to have their
output channels combined, or bridged, into single or multiple channels of greater
power output. In this configuration the output channels are operated in series with a
resultant doubling of the amplifier output voltage. For a given loudspeaker
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impedance, the power from the amplifier will be four times that of a single amplifier.
The load impedance seen by the amplifier when operated in a bridged mode should
not drop below 8 Q if the full amplifier power output is to be realized. '

3.8.3.2 Power Amplifier Qutput and Loudspeaker Damage

The power output from an amplifier will vary depending on the load impedance the
amplifier is driving. Note that while a loudspeaker has a nominal impedance rating,
such as 8 (2 across its bandwidth, the actual impedance will vary as a function of
frequency. The impedances at some frequencies may be one-fifth the nominally rated
loudspeaker impedance. As the load impedance decreases, the power output from the
amplifier increases. At very low impedances, typically below 2 Q, the amplifier may
become unstable resulting in damage to the amplifier output transistors.

Most loudspeakers are robust enough to handle short duration signal transients up to
10 times their rated long-term power handling capabilities, assuming the power
amplifier signal does not contain significant distortion. Thus, it is acceptable to use
power amplifiers having short-term power output capabilities (headroom) which
exceed the long term loudspeaker handling characteristics. Headroom is necessary to
reproduce speech and music signal peaks without audible distortion since these
signal peaks can exceed their long-term average levels by up to 12 dB. An amplifier
of low power output which is c/ipping and operates for a long duration is potentially
more damaging to a high-frequency driver than an amplifier of high power output
with little distortion which operates for short durations throughout peak signal
transients. The distortion in the first case results in added higher-frequency harmonic
signals causing thermal stress on the driver voice coil windings or can melt the voice
coil 1n the magnetic gap.

A common misconception relates to the power amplifier output and the
corresponding increase in perceived loudness. When the power amplifier output is
doubled (say, from 50 to 100 W) the loudspeaker sound level increases by 3 dB,
resulting a just noticeable change in perceived loudness. In order for the loudspeaker
sound level to be subjectively perceived to be twice as loud requires the power
amplifier output to be increased by 10 times (say, from 50 to 500 W).

3.8.4 Other Considerations

Power amplifiers produce the greatest sensible heat load of all sound system
equipment. Operating a power amplifier beyond its thermal limits can cause the unit
to automatically shut off for self protection, or worse, result in permanent damage to
the output transistors. Amplifiers require natural convection or forced fan cooling to
reduce their operating temperature. The latter can be provided in the form of an
mtegral fan on the amplifier chassis or as a supplemental fan installed in the
equipment rack. Sound systems which use numerous amplifiers may have dedicated

~ amplifier rooms which are provided with cooling from the building HVAC system.
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Some newer power amplifier designs use switching power supplies which have heat
loads approximately one-third of conventional amplifier power sources.

Remote control of amplifiers not in close proximity to the sound system operator 1s
often necessary to troubleshoot system installation, adjust operating parameters, or
turn on/off amplifiers. There are several manufacturer-derived systems which
provide this type of control.

The magnetic field emitted by the large power transformers in power amplifiers can
be picked-up by the low-level electrical circuits in the signal processing equipment.
Note that equipment which carries the “CE” label emit less electronic and magnetic
radiation and will likely be less susceptible to electromagnetic interference (EMI)
problems.

3.9 Loudspeakers

A loudspeaker is a transducer which converts an AC voltage corresponding to the
input signal magnitude and frequency into sound waves. Loudspeakers can be
designed to reproduce a wide frequency bandwidth (full-range) or a restricted
frequency bandwidth. Full-range drivers reproduce frequencies between 50 to 15,000
Hz and beyond. Restricted bandwidth drivers include woofers (reproduce low-
frequencies below 500 Hz), mid-range units (reproduce frequencies between 200 and
4,000 Hz), and tweeters (reproduce high-frequencies above 1,000 Hz). These
frequency limits are approximate for the three general driver categories and
manufacturer’s specific products can vary from these generalized characteristics.

The three basic driver types include: (1) dynamic cone direct radiator; (2)
combination horn/compression driver; and (3} coaxial. Dynamic cone loudspeakers
can be wused for full-range, low-frequency, mid-range, or high-frequency
reproduction. Horn/compression driver combinations are used to reproduce mid-
range and high-frequency signals. Coaxial loudspeakers are used for full-range, low-
frequency, or high-frequency reproduction.

Cone drivers can be installed in sealed infinite baffle, ported, horn-loaded, or
bandpass enclosures. Compression drivers are installed on a horn which provides the
necessary acoustical loading and directional sound control. Horn types include: (1)
exponential; (2) multi-cell; (3) radial; (4) bi-radial (constant directivity); (5) defined
coverage; and (6) Complex Conic™. Coaxial loudspeakers are available in cone,
horn, and combination horm/cone configurations. The latest practice in loudspeaker
design uses DSP technology to provide loudspeaker-specific signal processing to
optimize performance.

(See Technical Notes, Section 3.K, at the end of this chapter, for additional
information on terminology for drivers and loudspeakers.)
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3.9.1 Dynamic Cone Direct Radiator Loudspeaker

A dynamic cone direct radiator loudspeaker is a moving coil driver which comprises
a magnet with a round air gap and a voice coil centered in the air gap. The voice coil
moves inside the air gap and is connected to a cone. The cone motion is caused by the
magnetic force created by an audio signal current in the coil which reacts with the
stationary magnetic field emitted by the fixed magnet.

Cone drivers are available in a variety of sizes between 4 and 18 in diameter. The
larger drivers have improved low-frequency response, higher sound power output,
and can handle greater amplifier power. Smaller drivers have improved high-
frequency response, lower sound power output, and restricted power handling
capabilities. Low-frequency drivers are 12, 15, and 18 in diameter. Mid-range drivers
are 6, 8, 10, and 12 in diameter. High-frequency drivers are 1, 2, 3, and 4 in diameter.
Full-range drivers are 4, 6%, and 8 in diameter. The specific size and frequency range
will vary between different manufacturer’s products. Figure 3-30 shows cone drivers
of different sizes.

FIGURE 3-30. Dynamic cone drivers of various sizes: 12 in diameter low frequency
type (JBL 2206H/J left), 8 in diameter full-range type (JBL LEST-H center}, and 4 in
diameter full-range type (Altec Lansing 405-8H right). Products courtesy of JBL, inc.
and Mark [V Audio Group.

The resonant frequency is an important characteristic of a dynamic cone driver. At
the resonant frequency the cone will vibrate at its maximum with a minimum of
signal input. Damping is usually added to the driver to control its output at resonance.
Below the resonant frequency, the driver output rapidly falls off. Above the resonant
frequency the response is relatively uniform for several octaves. These limits
essentially define the driver passband.

An enclosure is necessary to prevent the rearward radiating acoustical energy of the
cone, which is out of phase with the forward radiating acoustical energy, from
combining and reducing the driver low-frequency response.
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The cone driver efficiency is very low, with values between 0.25 and 3 percent being
typical. Approximately 99.75 to 97 percent of the electrical power input is lost as
heat in the transduction process and not converted into acoustical oupuf. The

efficiency can be raised by installing the driver in an enclosure or mounting it to a
horn.

(See Technical Notes, Section 3.L, at the end of this chapter, for additional
information on the history of the development of the dynamic cone driver.)

3.9.1.1 Basic Construction

The dynamic cone driver comprises several distinct elements and subassemblies: (1)
rigid frame; (2) magnetic motor assembly; (3} cone diaphragm; (4) suspension
system; and (5) dust cap. Each of these subassemblies has many different component
parts. Figure 3-31 shows the major parts of the dynamic cone driver.
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FIGURE 3-31. Sectional drawing of a typical dynamic cone driver showing details of the
major component parts. Drawing courtesy of JBL, Inc.

3.9.1.1.1 Frame

The outer body of the driver comprises a die-cast or stamped metal frame. The
purpose of the frame is to hold the driver components together and to provide a
means of mounting to an enclosure. Die-cast assemblies are mechanically stiffer and
more robust than stamped metal assemblies, which can bend if improperly installed
in an enclosure, resulting in misalignment of the driver components.
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3.9.1.1.2 Magnetic Motor Assembly

The magnetic motor assembly, consisting of a fixed magnet and a coil of wire called
the voice coil, delivers a controlled force to the cone diaphragm making it vibrate. A
high strength magnet with a uniform magnetic field surrounds the voice coil. A small
air gap lies between the magnet and the voice coil. An electro-magnet is created
when an alternating electrical current (I), corresponding to the audio signal, passes
through the voice coil of length (). The electro-magnet generates an alternating
magnetic field which is proportional to I. The generated magnetic field interacts with
the steady state magnetic field radiated by the permanent magnet. A mechanical force
(F) is developed on the voice coil by the interaction of the poles of the two magnetic
fields. The alternating electrical current direction in the voice coil determines
whether the voice coil moves inward or outward from the magnetic gap. When 1
increases, the magnetic field strength radiated by the electro-magnet also increases,
which interacts more strongly with the permanent magnet. This results in larger cone
excursions which produce greater sound levels. The value of F can be calculated
using the following equation:

F = BI{ (3.3)
where,

F is the generated mechanical force, newtons

B is the magnetic flux density, tesla

I is the current flowing through the voice coil, amperes

¢ is the voice coil length within magnetic gap, meters

The fixed magnet is constructed from permanently magnetized materials including
alnico (a mixture of aluminum, nickel, and cobalt), ferrite ceramics, or rare earth
materials such as neodymium or samarium. Of the three materials, ferrite ceramics
are the most commonly used due to low cost and engineering properties. Alnico is
seldom used due to the expense of cobalt, although it was the material of choice
between 1950 and 1975. Rare earth magnetic materials are finding increasing
application in high efficiency designs.

The voice coil is a length of wire which is wound around a circular-shaped former.
One end of the voice coil wires attach to the cone. The other end of the wires attach to
terminals mounted on the frame and are connected to the crossover or directly to the
power amplifier through a separate cable. High quality drivers use flat ribbon-shaped
aluminum wire rather than circular copper wire. The former offers advantages in
lower mass, greater packing density, higher rigidity, and flexibility in adjusting the
voice coil impedance (Z).

The magnetic motor assembly is based on one of three designs: (1) underhung (short)
voice coil; (2) voice coil and top plate of equal length; and (3) overhung (long) voice
coil. The underhung and overhung voice coil designs are preferred for “long throw”
cone displacement, necessary to reproduce low-frequencies or generate high sound
levels. Of the two, the underhung voice coil design is more expensive to manufacture
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due to the need for a larger magnet. The equal length voice coil design is used for
drivers requiring a small displacement, such as mid-range and tweeter units. Figure
3-32 shows the three voice coil types.

| ! FIGURE 3-32. Sectional drawing of three
magnetic motor assemblies: underhung
{short) voice coil {top), voice coll and top
plate of equal length (middle), and
'\ / overhung (long} wvoice coil (bottom).
Drawing courtesy of JBL, Inc. and John M.
Eargle.

3.9.1.1.3 Cone Diaphragm

The cone diaphragm is the driver component which vibrates and generates acoustical
energy. The cone is driven from its center inner edge, resulting in wave propagation
towards the outer edge, where it is reflected back towards the center. Its radiating
surface couples the voice coil motion to the surrounding air and acts as an impedance
matching device. Ideally the cone will move with “pistonic” behavior resulting in
uniform frequency response. However, most cone diaphragm materials do not exhibit
pistonic behavior during large excursions, causing acoustical “break-up” of the cone
surface. Distortion increases and uneven response, particularly at higher frequencies,
results. In addition, vibrational modes can occur on the cone surface due to a
complex interaction of the cone size and flexibility, radiating frequency, and the
incident and reflected sound waves on the cone surface. These vanables can further
degrade high-frequency linearity. The cone profile shape and material selection can
improve the pistonic behavior and extend the high-frequency response lineanty.

The three principal cone shapes include: (1) straight side with ribs; (2) deep straight
side; and (3) curvilinear. The addition of corrugated concentric ribs fo the cone
increases the stiffness and extends the high frequency response with little added
weight. Increasing the cone depth stiffens the cone, making it suitable for high level
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application, but has the disadvantage of reduced high-frequency output. The
curvilinear cone, while not as stiff as a straight-sided cone, has advantages of
extended high-frequency response and greater sound level output. Figure 3-33 shows
the three cone types.

FIGURE 3-33. Sectional drawing of three == ==
cone geometries: straight side with ribs TN =
{top), deep straight side (middle), and e =

curvilinear (bottom). Drawing courtesy of w
JBL, Inc. and John M. Eargle.

Cone size is a factor in determining the driver frequency range and coverage angles.
A large cone has a lower resonant frequency than a small cone resulting in more
extended low-frequency response. As frequency is lowered, and the wavelength
increases, the driver will radiate in a more omnidirectional patiern (larger coverage
angle). Omnidirectional radiation results when the wavelength is greater than
approximately four times the cone diameter. Small cones have the potential for more
extended high-frequency response than large cones. As frequency increases, and the
wavelength decreases, the driver will radiate in a more unidirectional pattern (smaller
coverage angle). Unidirectional radiation results when the wavelength is
approximately equal to or smaller than the cone diameter, with directivity increasing
as the cone size decreases. The upper frequency Hmit of the driver is inversely
proportional to the cone diameter. For instance, 18 in and 4 in diameter drivers will
have upper frequency limits of approximately 500 and 2,200 Hz, respectively.

Different materials, such as felted paper, fiberglass, Kevlar™, plastic, aluminum, and
titanium are used to make cones. Felted paper has the advantage of low cost, ease of
manufacture, and smooth frequency response characteristics. Its disadvantages

include limited - high-frequency response, less durability, and susceptibility to

humidity, which can alter its performance characteristics. Fiberglass, Kevlar™, and
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plastic cones have the advantage of stiffness which results in more pistonic motion
over a wider frequency range. Additionally, these materials offer greater damping,
durability, and humidity resistance. Aluminum or titanium alloy cones provide the
stiffest assembly with excellent durability, but with the disadvantage of little internal
damping. As aresult, a strong fundamental resonant mode beyond 18,000 Hz, occurs.
Fortunately, this mode is at such a high frequency as to be inaudible.

3.9.1.1.4 Suspension Systems

The driver has inner and outer suspension systems to align the voice coil former and
the cone. The purpose of the suspension systems is to provide a restoring force to the
movement of the voice coil and cone. Additionally, they serve to provide lateral
stability to restrict side-to-side movement. This is particularly important for the voice
coil where it is centered in a magnetic gap on the order of 0.010 in!

The inner suspension assembly, called the “spider”, attaches the exterior of the voice
coil former to the metal frame. A pleated design of treated fabric is commonly used
to suppress resonance modes and permit the passage of air due to the backward cone
motion.

The outer suspension system, called the “surround”, attaches the cone perimeter to
the frame. A secondary role of the surround is to suppress reflected traveling waves
on the cone surface which can arrive out-of-phase with the indent wave. The
surround has three primary geometries: (1) half-roll; (2) double half-roll; and (3)
pleated accordion. The half-roll surround is usually made from polyurethane foam, or
in more expensive designs, of synthetic rubber. Its geometry and materials resultsin a
very compliant system. A disadvantage with polyurethane foam is it can disintegrate
over time (“foam rot”) due to atmospheric contaminants and humidity. The double
half-roll and pleated accordion type surrounds are more rugged and are suitable for
high excursion drivers. These surrounds are made of treated fabric and are not as
compliant as the half-roll design.

3.9.1.1.5 Dust Cap

The dust cap is a hemispherical-shaped piece of paper, plastic, or metal attached to
the voice coil former end. Its purpose is to prevent dirt and dust from entering into the
tiny magnetic gap which could interfere with the moving voice coil. The dust cap has
a secondary role to further stiffen the moving voice coil assembly. Some driver
designs use the dust cap to extend the on-axis high-frequency response. At higher
frequencies, the more massive cone decouples from the voice coil, and the dust cap
becomes an effective radiator because of its smaller size.

The “whizzer” cone is a refinement on the dust cap and is commonly used on
inexpensive full-range coaxial loudspeakers to extend the high-frequency response.
A separate highly resonant small cone is directly attached to the voice coil former
which decouples the short wavelengths reproduced by the larger cone. The lower
mass and smaller moving piston size of the whizzer cone, compared to the larger
cone, extends the high-frequency output and provides a larger coverage angle.
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3.9.2 Low-Frequency Enclosures

Cone drivers are normally installed in an enclosure which acts as a baffle extending
the low-frequency response and increasing the driver efficiency. Trade-offs between
bass extension, efficiency, and enclosure size are part of the design process.
Increasing the enclosure size improves bass extension and efficiency, but large
enclosures can pose problems with room installation. Various designs have evolved
to extend low-frequency response using relatively small enclosures. The primary
enclosures include: (1) sealed; (2) ported; (3) ported hom-loaded; and (4) bandpass
designs.

3.9.2.1 Sealed Enclosure

The simplest enclosure is the sealed box with the driver mounted on the front baffle.
The sealed enclosure prevents rearward radiating acoustical energy from combining
with forward radiating acoustical energy due to motion of the cone. The rearward
radiating acoustical energy is absorbed by fiberglass damping material installed
within the enclosure. In order to perform optimally, sealed enclosures must not have
acoustical leaks. Sealed enclosures have limited sound level output and low-
frequency extension. Typical driver response in a 2 ft’ volume enclosure is
approximately 70 Hz at the -3 dB down points. Due to its relative inefficiency
compared to the ported enclosure, a larger power amplifier is required to develop
similar sound level output.

The most common sealed enclosure is based on the “acoustic suspension” design
principle developed by Harry Olson of RCA and refined in 1954 by Edgar Villchur of
Acoustic Research. Here a small diameter heavyweight cone with a flexible
surround, capable of large excursions, is suspended in the enclosure. The driver
resonant frequency rises when mounted in the enclosure due to less air compliance,
compared to the free air condition. The sealed air within the enclosure acts as a linear
spring and provides a restoring force to return the cone to its equilibrium position.
When the tuning ratio is greater than four the enclosure compliance dominates. The
fiberglass damping material extends the system linearity, low-frequency response,
and attenuates standing waves within the enclosure. The sealed enclosure system is
characterized by a 12 dB/octave attenuation below the fundamental system
resonance,

3.9.2.2 Tuned Ported Enclosure

A more complex enclosure is the tuned ported (“bass reflex”) design with the driver
mounted on the front baffle and single or multiple port(s) located on the front or back
of the enclosure. The port(s) can be of any rigid material, such as wood, cardboard, or
PVC plastic, in round, rectangular, or square shapes. The tuned ported enclosure
carefully controls the interaction of the cone’s rearward and forward radiating
acoustical energy. Over a narrow bandwidth, the rearward radiating acoustical energy
emanates from the port, and combines in-phase with the front radiating acoustical
energy from the cone. The low-frequency response below the driver free air resonant
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frequency is extended through superposition of sound from the cone and port. Tuned
ported enclosures have greater sound level output and low-frequency extension than
simple sealed enclosures. Typical driver response in a 4 ft* volume enclosure is
approximately 60 Hz at the -3 dB down points. Advantages of tuned ported
enclosures include smaller physical size, less driver distortion since the lowest
frequencies are handled by the port, and driver protection from excessive cone
excursion at high sound levels. Figure 3-34 shows a ported low-frequency enclosure.

FIGURE 3-34. Ported low-frequency enclosure with 12 in driver
{Renkus-Heinz CELF12-1). Photo courtesy of Renkus-
Heinz, inc.

The tuned ported enclosure behaves as a simple Helmholtz resonator. The enclosure
has a ported opening of a certain diameter and length which is tuned to extend the
system low-frequency response. The air in the length of the port acts as an acoustical
mass. The enclosure is tuned to the lowest design frequency to be reproduced, which
can result in tunings between 20 and 45 Hz. The tuning is achieved by adjusting the
port diameter and length. Increasing port area (all other parameters equal) raises the
resonant frequency. Increasing the port length (all other parameters equal) lowers the
resonant frequency. Thus, to maintain the tuned resonant frequency requires
increasing both the port area and the length.

Matching the driver free air resonant frequency and the tuned enclosure resonant
frequency determines the overall system response. At the enclosure resonant
frequency, the cone excursion is minimal and the volume velocity of air through the
port increases, resulting in significant sound level output through the port. As the
enclosure resonant frequency approaches the driver free air resonant frequency, the
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output from the port diminishes and becomes negligible. It is common for the audio
signal to be electronically high-pass filtered below the port resonant frequency to
prevent driver over-excursion, which would result in excess distortion. Figure 3-35
shows typical ported loudspeaker response characteristics.
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FIGURE 3-35. Typical ported low-frequency loudspeaker response
characteristics showing the refationship between cone radiation,
port radiation, and the summation of the two responses. Data after
of JBL, Inc. and John M. Eargle.

The location of the port(s) is not critical and can be at the enclosure back assuming
there is no obstruction from nearby surfaces. Turbulence-generated noise can be
significant due to the high air velocities passing through the port. Flared port
configurations, port damping, or avoiding port geometries with areas less than
approximately one-third the driver diameter can reduce port noise. Tuned ported
enclosures use little internal damping material compared to sealed enclosures.
Excessive damping material will have the effect of reducing the low-frequency
output from the port. The tuned ported enclosure system is characterized by a 24
dB/octave attenuation below the fundamental system resonant frequency.

(See Technical Notes, Sections 3.M and 3.N, at the end of this chapter, for additional
information on port enclosure tuning and Thiele-Small parameters.)
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3.9.2.3 Ported Horn-Loaded Enclosure

FIGURE 3-36. Ported horn-loaded low-frequency enclosure with
16 in driver (Altec Lansing 816VI}. Photo courtesy of Mark 1V
Audio Group.

Ported  horn-loaded  loudspeakers
combine the advantages of increased
low-frequency output due to the tuned
ports with improved directivity control
due to the horn. The ports are tuned in
the 40 to 60 Hz region and the front-
mounted driver radiates into the horn
throat. For a single driver arrangement,
the horn Jloading is effective to
approximately 200 Hz. When two
drivers are used, the horn loading is
lowered to approximately 150 Hz.
Figure 3-36 shows a ported horn-
loaded enclosure.

The low-frequency acoustical output
from the ports is similar to the tuned
ported enclosure discussed above. The
acoustical output increases over the
mid-bass region compared to the tuned
ported enclosure, making these
systems appropriate for high output
speech applications. Typical driver
response in a 10 ft? volume enclosure 1s

approximately 55 Hz at the -3 dB down points. Due to its relative efficiency
compared to the ported enclosure, a smaller power amplifier is required to develop a

similar sound level output.

3.9.2.4 Bandpass Enclosure

Bandpass enclosures are characterized by the driver placed within a chamber internal
to the loudspeaker enclosure so the cone does not radiate directly into the
surrounding air. Sound emanates from one or more ports connected to the enclosure
chambers. The enclosure passband is determined by the low-pass and high-pass
chamber tunings within the enclosure. The primary advantage with these systems is
the loudspeaker response can be tuned to the desired passband which eliminates the
need for low- or high-pass frequency equalization. These systems are not frequently
used due to design complexities and construction costs. Figure 3-37 shows two

bandpass enclosures.
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FIGURE 3-37. Bandpass low-frequency enclosure with two 15 in drivers (Renkus-
Heinz BPS15-2 left) and two 12 in drivers (Renkus-Heinz BPS12-2 right). Photo
courtesy of Renkus-Heinz.

The three principle bandpass designs include: (1) sealed-series enclosure; (2) ported-
series enclosure; and (3) parallel enclosure. The sealed-series design places the driver
in a sealed infinite baffle rear chamber radiating into a forward chamber with a port at
the front radiating into the surrounding air, The ported-series design is similar to the
sealed-series design, except the rear chamber is ported, enabling sound to radiate into
the front chamber by the driver and the port. The parallel design is similar to the
ported-series design except the rear chamber is ported to the exterior. The latter two
enclosure designs have been developed and patented by Bose Corporation.

3.9.3 Compression Drivers

A compression driver is a special type of transducer which shares many of the same
design features as the dynamic cone driver. Compression drivers were developed in
the early 1930s by Bell Telephone Laboratories and Western Electric to provide
greater acoustical output than dynamic cone drivers. Their first application was in the
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burgeoning movie industry where it was necessary to fill large theaters with sound
from low-powered (often less than 10 W) vacuum tube power amplifiers. A horn is
attached to the end of the compression driver and provides both acoustical impedance
matching and directional sound control. The efficiency of a compression driver
varies between 20 and 40 percent when matched to a proper acoustical load, making
them suitable for sound reinforcement applications. The basic design principles of
the compression driver remain essentially unchanged from 60 years ago, although
advances in materials science have resulted in more robust devices with greater
power handling, extended frequency response, and lower distortion. Figure 3-38
shows compression drivers of different sizes.

FIGURE 3-38. Compression drivers of various sizes: 4 in diaphragm/2 in exit size
diameter full-range general purpose fype {JBL 2446J left), 1% in diaphragm/1 in exit
size diameter full-range general purpose type (JBL 2426H center), and 4 in
diaphragm/3 in exit size diameter mid-range type (JBL 2490H right). Products
courtesy of JBL, Inc.

Compression drivers can be grouped into three categories: (1) general purpose types
with a nominal frequency response between 500 and 15,000 Hz, available with 500
or 800 Hz low-frequency cutoff limits; (2) mid-range types with frequency response
between 200 and 4,000 Hz; and (3) very high-frequency types with frequency
response between 3,000 and 20,000 Hz. These frequency limits are approximate and
different manufacturer’s products can vary from these generalized characteristics.

3.9.3.1 Basic Construction

The design and construction of a compression driver is a marvel of electro-acoustical
engineering due to the precise manufacturing tolerances involved. For example, the
gap separating the voice coil and the magnet and the gap separating the diaphragm
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and the phasing plug, have tolerances on the order of 0.002 in. Even with these
minute manufacturing tolerances the motor assembly can move freely and generate
extremely high sound levels. Figure 3-39 shows the major ports of the compression
driver.

Magnet
Magnstic gap
Diaphragrm ——
Phasing plug

Driver exit

Volee coll

Top
plate

FIGURE 3-39. Sectional drawing of a typical compression
driver showing details of the major component parts. Drawing
courtesy of JBL, Inc.

The major difference between a compression driver and a standard dynamic cone
driver is the use of a phasing plug. The basic construction of general purpose, mid-
range, and very high-frequency compression drivers are similar, but each is
optimized for its intended bandpass characteristics. Described below are the major
design features applicable to these drivers.

(See Techmical Notes, Section 3.0, at the end of this chapter, for additional
information on equations for evaluating compression driver performance.)

3.9.3.1.1 Diaphragm

Sound radiates from the compression driver diaphragm, similar to the cone on a
conventional dynamic driver. Diaphragms are constructed from a variety of materials
including aluminum, beryllium, Mylar™, phenolic-coated linen, and titanium.
Regardless of the material, the diaphragm must provide pistonic motion, exhibit
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extended high-frequency response, and resist damage from physical over excursion,
and excessive amplifier power. A voice coil assembly suspended in a magnetic gap is
terminated with two wires attached to the diaphragm which radiates into the phasing
plug and into the horn throat.

The diaphragm of a compression driver is extremely lightweight. A 1%, in diaphragm
and voice coil weighs as little as 1% g and a 4 in diaphragm and voice coil weighs
approximately 3% g. Compression drivers with larger diaphragms typically have
greater sound level output and higher power handling capabilities, but high-
frequency extension is relatively independent of diaphragm size.

Compresston drivers are often classified by the diaphragm size. Standard diaphragm
sizes include: (1) small, corresponding to 1, 1%, 1%, and 2 in diameter; (2) medium,
corresponding to 3 and 3% in diameter; and (3) large, corresponding to 4 and 6% in
diameter. The diaphragm size is larger than the phasing plug exit size which matches
the internal diameter of the horn throat. Table 3-2 provides information on diaphragm
and phasing plug sizes.

TABLE 3-2. Typical Diaphragm and Phasing Plug Exit Sizes

Diaphragm Diameter Size
Phasing Plug
Size P Exit Size, in
Classification Physical Size, in
1, 1%, and 134 1
Small
2 1or1%
Medium 3 and 3% 2
4 1%, 2,0r 3
Large
6% 4

3.9.3.1.2 Phasing Plug

The compression driver diaphragm does not radiate directly into air. A phasing plug
is placed in front of the diaphragm and sound passes through a series of annular or
tangential slit openings in the phasing plug before entering the horn throat. The slit
openings provide varying path lengths for sound from different diaphragm regions to
pass through. This results in sound arriving in-phase at the exit of the phasing plug
and reduces the likelihood of phase cancellation at the entrance to the horn throat.

Most compression drivers have a slit area which is approximately 10 percent of the
diaphragm area, The compression driver efficiency is related to the ratio of the slit-
to-diaphragm areas, known as the loading factor. The restricted openings in the
phasing plug results in high pressure developed in the air space between the
diaphragm and the phasing plug. A pressure-to-volume velocity transformation of
10-to-1 occurs between the diaphragm and the phasing plug exit, which is capable of
driving a hom to high sound levels.
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3.9.3.1.3 High-Frequency Response

Compression drivers are designed to reproduce mid- to high-frequencies. All drivers
begin to roll-off their response above the mass break-point frequency (fgy,), which for
most compression drivers is approximately 3,500 Hz. Above this frequency, the
driver high-frequency response decreases at 6 dB/octave. Figure 3-40 shows typical
mass break-point response characteristics.
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FIGURE 3440. Typical compression driver frequency response showing high-
frequency roli-off above the mass break-point frequency. Data after JBL, Ine. and
John M. Eargle.

Certain standardized sound system frequency equalization -practices may
approximate the high-frequency roll-off above the mass break-point frequency. In
such cases, the mass break-point frequency roll-off is not a critical consideration in
the sound system response and usually can be ignored. Speech reinforcement systems
are more tolerant of the high-frequency roll-off above the mass break-point
frequency. Often with music programs, which require extended high-frequency
response, it becomes necessary to boost the high-frequency response above the mass
break-point frequency, or supplement the sound system with very high-frequency
drivers, to achieve the necessary frequency equalization characteristic.

The compression driver can be modeled as an equivalent electrical circuit. This
model equates three reactive elements in the driver which controls the high-
frequency response: (1) shunt capacitance; (2) voice coil inductance; and (3) the air
volume between the diaphragm and the phasing plug. The shunt capacitance
determines the mass break-point frequency. The voice coil inductance can result in
another high-frequency break-point, but some manufacturers compensate for this
through techniques in voice coil manufacturing. The air volume, if too large, can
cause yet another high-frequency break-pomt but it occurs at a very high-frequency
and can be ignored.
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The mass break-point frequency is essentially the same for all compression driver
diaphragm sizes. Large diaphragm compression drivers achieve this by using a larger
magnet and a longer voice coil, providing a greater driving force, which offsets the
larger diaphragm mass and higher voice coil resistance.

One way to compensate for high-frequency roll-off above the mass break-point
frequency is to take advantage of secondary resonances developed on the diaphragm
and the surround. Secondary resonances on the surround result in greater motion by
the surround than the diaphragm, causing a peak in the frequency response, followed
by a rapid high-frequency roll-off. Secondary resonances also occur due to break-up
modes on the diaphragm. It is possible to control the secondary resonances, and
extend high-frequency capabilities, but this results in a reduced output level with a
slightly rolled-off response. Finally, the choice of surround material and design can
help extend flat frequency response above approximately 8,000 Hz.

The compression driver low-frequency response is conirolled by the fundamental
resonant frequency of the diaphragm. For most compression drivers this occurs
between 500 and 800 Hz. Many horns can provide loading below the diaphragm
fundamental resonant frequency. Damage to the compression driver can occur when
coupled to a horn with a lower cut-off frequency than the compression driver.

3.9.3.1.4 Efficiency

The maximum theoretical efficiency of a compression driver operating in its mid-
band frequency range below the mass break-point frequency is 50 percent. This will
only occur when the voice coil resistance (Ry) and the effective radiation resistance
(Rgy) of the compression driver are equal. Rarely does this idealized condition occur
and most practical compression drivers have efficiencies in the 25 to 30 percent
range, with some devices approaching 40 percent efficiency. The efficiency
differences are primarily due to eddy current losses in the driver top plate and the
magnetic pole piece. Even when operating in the lower efficiency range, a
compression driver is at least five times more efficient than the most efficient
dynamic cone driver.

3.9.3.1.5 Distortion

Compression drivers generate predominately harmonic distortion which can be very
audible and is a characteristic of “horn sound.” The air in the gap between the
diaphragm and the phasing plug is thermodynamically altered due to extremely high
acoustical pressures which exist between these two elements and is the primary cause
of the distortion. Moving diaphragm or motor unit non-linearities from excessive
input signal level are a negligible contributor to distortion. The design of newer large
diaphragm compression drivers having exit geometries matched to the throat of a
rapid flare rate horn significantly reduces distortion.

The harmonic distortion byproducts are primarily second and third harmonics of the
fundamental resonant frequency. Both occur over the majority of the compression
driver operating bandwidth and increase with frequency and/or greater input drive
level. With a constant drive level, the second harmonic distortion will double per
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doubling of frequency and the third harmonic distortion will increase as the square of
the frequency. The third harmonic distortion is most noticeable above 5,000 Hz and
is a cause of “harsh” sounds produced by some compression driver and horn
combinations. The larger diaphragm compression drivers tend to have less harmonic
distortion than the smaller diaphragm devices. They are also able to handle greater
power due to a larger voice coil and have higher heat sinking capacity. Thus, larger
diaphragm compression drivers are more suitable for high-level sound reinforcement
applications.

Another distortion related to compression driver non-linear behavior is
intermodulation distortion. This type of distortion results in upper and lower
frequency sidebands. Generally, the upper sidebands are sufficiently high in
frequency and are not audible, but the lower sidebands can fall into the mid-range
bandwidth where they are very audible.

3.9.3.1.6 Power Handling and Driver Protection

The power handling capacity of compression drivers is considerably less than most
dynamic cone drivers. In practice, the higher efficiency of the compression driver
offsets the reduced power handling capability and achieving adequate sound level is
generally not a problem. The high-frequency power handling is controlled by the
voice coil heat dissipation, referred to as the thermal power rating. The low-
frequency power handling is controlled by the diaphragm displacement at the
fundamental resonant frequency. Damage can occur when the diaphragm contacts the
phasing plug. The long-term power handling capability of compression drivers is
rated at the crossover frequency and the crossover slope attenuation characteristics.
Some manufactures provide data on short-term peak power levels which correspond
to speech and music dynamic signal transients.

Compression drivers should be protected to prevent inadvertent operational damage.
Common sources of damage include: (1) low-frequency transients as amplifiers are
turned on and off, or from an accidently dropped microphone; (2) harmonic
distortion; and (3) excessive amplifier power. Any one of these can damage the voice
coil, by exceeding the thermal power rating, or the diaphragm, through contact with
the phasing plug,

Compression drivers which are part of a multi-way loudspeaker system with an
internal passive crossover generally do not require protection. Compression drivers
used with an active crossover in bi-amplified or tri-amplified systems should be
protected. The most common form of protection is a “blocking” capacitor in series
between the power amplifier output and the compression driver input. The capacitor
rating is selected to provide a reactance at one-half the crossover frequency which
equals the driver nominal impedance. Both quantities are measured in ohms. Table
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T
3-3 provides values of capacitors for different cutoff frequencies, below which
protection is provided, and loudspeaker impedances.

TABLE 3-3. Capacitor Values, Loudspeaker Cutoff Frequency, and
Loudspeaker Impedance

72.0 1,000 500
52.0 1,500 750
20.0 4,000 2,000
16.5 5,000 2,500
13.5 6,000 3,000
12.0 7.000 3,500
8.0 10,000 5,000
7.0 N/A 6,000
6.0 N/A 7.000
4.0 N/A 10,000

Some loudspeaker manufacturers have produced dedicated electronic controllers
which provide driver protection, usually by automatically limiting the signal level to
the driver, once a certain threshold level is exceeded.

3.9.3.2 Mid-Range Compression Drivers

Special mid-range compression drivers have been developed to reproduce the
frequency range between 200 and 4,000 Hz. The majority of acoustical energy in
speech and music is contained in the 200 to 2,000 Hz bandwidth, which is one decade
wide. A conventional two-way loudspeaker system comprising separate low- and
high-frequency drivers can have difficulty reproducing the critical mid-frequency
range. The low-frequency driver rolls-off between 500 and 1,000 Hz and the high-
frequency driver can have inadequate power handling to reproduce the 500 to 1,500
Hz range with satisfactory loudness. Thus, mid-range drivers are often used as part of
three-way loudspeaker systems comprising separate low-frequency, mid-range, and
high-frequency drivers. Figure 3-41 shows a large mid-range compression driver.
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The mid-range driver has a lower
cutoff frequency than the general
purpose compression driver,
requiring a larger diaphragm.
Diaphragm sizes up to 6% in
diameter are used in some mid-range
drivers, with a phasing plug slit area
approximately 25 percent of the
diaphragm area. The phasing plug
geometry results in a pressure-to-
volume velocity transformation of
4-to-1 helping to reduce distortion
E due the high intensity sound levels in
= the horn throat.

FIGURE 3-41. Mid- to high-frequency range compression driver.
{Renkus-Heinz CDT-1). Product courtesy of Renkus-Heinz. Other design features of mid-range

drivers include larger voice coils and

magnets enabling the drivers to
handle greater power amplifier input. Typical efficiencies are in the 25 to 30 percent
range, with some devices having efficiencies in excess of 40 percent.

3.9.3.3 Very High-Frequency
Compression Drivers

A problem with general purpose
compression drivers is the high-
frequency response rolls-off rapidly
above the mass break-point frequency.
This can be compensated through
electronic frequency equalization, but
has disadvantages in that the driver
power derating has to be accounted
for. Additionally, excess phase
distortion can result with frequency
equalization. When extended high-
frequency response is required, the
compression driver can naturally roll-
off above the mass break-point
frequency, where it is crossed over to a
very high-frequency compression
driver called a ring radiator. The ring
radiator can extend the frequency
response in the 3,000 to 20,000 Hz
range. The extended high-frequency response is generally achieved only on-axis and
the response diminishes rapidly beyond about 30° off-axis unless multiple units are
used. Figure 3-42 shows a ring radiator.

FIGURE 3-42. Very high-frequency ring radiator driver (JBL
2404H). Photo courtesy of JBL, inc.
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The construction of a ring radiator combines a compression driver and a small hom
into a single integrated unit. The diaphragm is approximately 1% in diameter and is
anchored both at the middle and the outer perimeter. A torus (ring-shaped) radiating
element results from the double clamping and acts as a double tuned system. The
diaphragm outer perimeter has greater mass and a lower resonant frequency than the
inner diaphragm area, which weighs less, and has a higher resonant frequency. The
combined resonant frequencies generate sound over a two octave wide passband. The
efficiency of ring radiators is low compared to other compression driver types, with
efficiency ratings between 5 and 10 percent. The nominal power handling can be up
to 40 W. Where greater sound levels are required, multiple units can be used, and
when horizontally splayed, extends the high-frequency coverage area. Sound levels
will increase 3 dB for each numerical doubling of ring radiators. Different horn
configurations are available including exponential, bi-radial, and diffraction types
having nominal coverage angles of 40° horizontal by 40° vertical, 100° horizontal by
25° vertical, and 100° horizontal by 100° vertical.

3.9.4 Horns

Horns have been used for thousands of years as communication devices and are
found on many musical instruments. Their first electro-acoustic application was in
the early telephone and phonograph recorders of the 1870s developed by Alexander
Graham Bell and others. Horn loudspeakers as we know them today evolved from
rescarch at Bell Telephone Laboratories, General Electric Company, RCA, and
Westinghouse Electric in the late 1920s and early 1930s paralleling the development
of the compression driver.

Examining the history and application of horn loudspeakers suggests evolutionary
steps in 20 year increments. The first commercial horn applications were in the 1910s
when simple conical horns were used on acoustic phonograph record players. In the
1930s advances in horn technology produced the multi-cellular horn with greater
sound levels for use in movie theaters. Twenty years later, radial homs were
developed to provide wider sound coverage and lower distortion for use in recording
and broadcast facilities. In the 1970s constant directivity horns evolved for the
touring and installed sound industries where very high sound levels and even
coverage were necessary. The 1990s has seen advances in horn technology taking
advantage of new materials and manufacturing techniques coupled with DSP signal
processing to achieve greater fidelity and sound control over larger audience seating
areas. '

In its simplest form a horn is a smoothly tapered tube-like element with a varying
sectional area. It is small at one end, which connects to a compression driver, and
larger at the opposite end which terminates in a radiating medium, usually air. The
horn comprises four basic elements: (1) throat flange to mount the compression
driver; (2) flared throat to couple sound from the compression driver; (3) flared horn
to act as a waveguide to radiate sound in a directional pattern; and (4) mouth to match
the horn impedance to the radiating medium. The horn can be viewed as an acoustical
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transformer which matches the high mechanical impedance of the diaphragm to the
low acoustical impedance of the air. High pressure and low volume velocity are
present at the horn throat, which is transformed to low pressure and high volume
velocity at the horn mouth. The horn improves the coupling of the compression
driver to the radiating medium, thus increasing its efficiency.

Horns are broadly classified as near-throw and far-throw devices. The names suggest
the degree to which the hom can project sound to a given location. Horizontal and
vertical coverage angles define the geometry of the sound beam projected by the
horn. Near-throw horns are physically smaller than far-throw horns. Larger horns are
required to project the sound beam within its defined coverage angle to a distant
location. The projected horn coverage angles onto the audience will be different than
the nominal horn coverage angles. Tilting the horn downward at the audience, and
the spherically radiating waves projected onto the flat audience plane, cause an
apparent distortion of the nominal horn coverage angles.

A hom operates over a given frequency bandwidth determined by the cutoff
frequency. Below the cutoff frequency the horn does not provide an acoustical load to
the driver diaphragm. The lower the cutoff frequency, the larger the horn must be.
Most large mid- and high-frequency horns have a low-frequency cutoff around 300
Hz. Above the horn low-frequency cutoff, the wavelength of the reproduced sound is
smaller than the hom mouth dimensions, resulting in directional sound control. The
horn mouth dimensions determine the upper and lower frequency limits of
directional control. As the frequency increases, and the wavelengths become much
smaller than the horn dimensions, directional control is lost and high-frequency
“beaming” results. At low-frequencies, where the wavelengths are larger than the
horn dimensions, the sound diffracts around the mouth and radiates in a more
omnidirectional pattern. For example, a small format horn with mouth dimensions of
6 in high by 12 in wide will exhibit directional control down to 2,260 Hz (vertical
plane} and 1,130 Hz (horizontal plane). A large format hom with mouth dimensions
of 36 1n high by 36 in wide will exhibit directional control down to 375 Hz in both
planes. As can be seen, large horn sizes are necessary for low-frequency directional
control. Low-frequency directional sound control can make or break a sound
reinforcement system since it affects gain-before-feedback, the D/R ratio, and speech
intelligibility.

Horns are constructed from a variety of materials. The early horns were fabricated
from various metals, which have undesirable resonant frequencies, unless treated
with a damping compound. Wood was commonly used as a substitute due to its non-
resonant nature. However, wood is time consuming and difficult to fabricate for
complex horn geometries. In the 1950s fiberglass composites were developed and
adapted for use in horns. This material is ideal since it is non-resonant, can be easily
molded, and is lightweight. Today, most homms are fabricated from fiberglass or
plastic composites.
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3.9.4.1 Exponential Horns

Maxfield and Harrision of Bell
Telephone Laboratories developed the
generalized theory of exponential
horns in 1925. The principles of
exponential horns have served as a
basis for the development of other
horn geometries. Exponential homns
exhibit poor directional control which
narrows as frequency increases
resulting in on-axis beaming. Pure
exponential horns arc not commonly
used today, although the geometry is
FIGURE 3-43. Exponential horn with 45° horizontal by 45° vertical ~ used as a starting point to shape some
coverage angle (Selenium HL14-25), Product courtesy of  of the different hom geometrjcs
Selenium Loudspeakers USA. discussed below. Figure 3-43 shows a
small exponential horn.

The simplest horn shape is an exponentially expanding section of infinite length. The
exponential flare rate of the hom is necessary to optimize compression driver
acoustical loading. The flare constant (m) determines the horn shape as a function of
the distance from the throat. For an exponential horn, m can be calculated using the
following equation: :

m = 4nf, (3.4)
L

‘where,

m is the horn flare constant, meter!

4n is constant

f. is the horn cutoff frequency, Hz

is the speed of sound, 340 meter/s

The value of f. should be one octave less than the lowest frequency the horn is to
reproduce. Above 4f;, the horn exhibits pistonic behavior. High-frequency horns are
used in the range of 8 to 10f.

For an exponential horn, the radiation resistance (R,¢) increases with frequency and
is constant over most of the bandwidth while the radiation reactance (X,;) decreases
with frequency. Below f the horn impedance (Z) will be controlled by X, and little
acoustical power will be transmitted. At higher frequencies X,y decreases and Z will
be controlled by R,;. The loading will be resistance controlled when the ratio of f/f
is essentially greater than or equal to two. Horns are designed to operate in the region
where R,; comprises the majority of the impedance characteristic.
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The idealized curves of R, and X, for an infinite exponential horn will be smooth.
However, all horns are a finite length. This departure from infinite length results in
radiation resistance and reactance curves which are not smooth. The “ripples” in the
response curves are due to reflections from the horn mouth back to the driver from
the impedance mismatch with the radiating medium at the horn mouth. Figure 3-44
shows idealized and actual response characteristics for exponential horns.
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FIGURE 3-44. Typical radiation resistance and radiation reactance response
characteristics for infinite (top) and finite (bottom) length exponential horns. Data
after Leo L. Beranek,

The homn will exhibit a smooth radiation resistance characteristic and approximates
infinite exponential geometry behavior when the horn mouth circumference
dimension, divided by the wavelength of the lowest reproduced frequency, is greater
than approximately three.

3.9.4.2 Multi-cell Horns

Multi-cell horns were first developed by Hannah and Slepian of Westinghouse
Electric in the early 1920s and were refined by Wente and Thuras of Bell Telephone
Laboratories in the early 1930s. This hom provides wider and more uniform
horizontal and vertical coverage with less on-axis beaming than the exponential horn.
Their first application was in movie theaters and later widely used for installed sound
reinforcement systems. Figure 3-45 shows a multi-cell horn.
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Multi-cell horns comprise a
grouping of small individual
exponential horns with a nominal
25° horizontal and vertical
coverage angles connected to a
common throat and compression
driver. The horn mouth is
rectangular in shape with a large
aspect ratio subdivided into 2, 6,
8, 10, 15, or 18 individual celis.
The basic premise is that each cell
controls sound radiation into a
small area and the total number of
cells defines the coverage area.
Multi-cell horns are characterized
by a wider horizontal coverage
FIGURE 3-45. Wooden eight cell multicell hom witn  angle than vertical coverage angle.
100° horizontal by 40° vertical coverage angle designed Typical coverage angles range
and built by the iate Paul S. Veneklasen. Product from 35°horizontal by 25° vertical
courtesy of the author. to 135° horizontal by 75° vertical.

: The low-frequency cutoff is 500
or 800 Hz.

Directional control for muliti-cell horns above 1,000 Hz is determined by the number
of cell multiples. A larger number of cells in the width or height dimension results in
a wider coverage pattern. Between 500 and 1,000 Hz the coverage pattern narrows
significantly as the number of cells increase. The narrowing is due to the individual
cells acting as a single larger cell at the frequency having a wavelength equal to the
width of the combined cell mouths. Multi-cell horns tend to exhibit lobing at
frequencies starting around 4,000 Hz which becomes more severe as the frequency
increases. The lobing 1s due to the individual cells decoupling from the group and
approximating individual cells at higher frequencies. The lobing shape tends to
follow the individual hom cell subdivision pattern. At lower frequencies directivity
control diminishes and the multi-cell hom exhibits omnidirectional radiation.

One advantage multi-cell horns have over other homn types 1s the ability to modify the
coverage pattern by plugging individual cells with fiberglass. This can be useful to
reduce sound radiation off wall and ceiling surfaces which could give rise to echoes
or decrease the D/R ratio. The fiberglass should not be rigid, otherwise sound would
reflect back to the compression driver. In practice, fiberglass of nominal 1 to 3 1b/ft?
density compressed approximately 25 percent of its original thickness is sufficiently
absorptive. An attenuation of roughly 1 dB/in of fiberglass thickness can be achieved
for the first 3 in; beyond this limit the attenuation is approximated by 2log;, (depth of
material). Approximately 9 dB of attenuation can be achieved without the sound
reflecting back to the compression driver. Filling up to one-half the cells with
fiberglass will not adversely affect the frequency response of the horn.
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3.9.4.4 Constant Directivity Horns

Constant directivity (CD) horns, sometimes called constant or uniform coverage
horns, were first developed by Don Keele of Electro-Voice in the early 1970s. Later
refinements using a horizontal diffraction horn geometry were made by CLff
Henricksen and Mark Ureda of Altec Lansing in the late 1970s and then by Keele of
JBL in early 1980s using a bi-radial horn geometry. CD horns have superceded multi-
cell and radial horns in sound reinforcement applications due to their wider pattern
control versus frequency characteristic, overall smoother and extended frequency
response, greater sensitivity, and lower distortion from a more rapid horn flare rate.
They have a distinct physical appearance identified by a wide rectangular single-cell
mouth. Figures 3-47 and 3-48 show CD horns of different sizes.

FIGURE 3-47. Frontal view of different size 60° horizontal by 40° vertical coverage angle constant
directivity horns. Small format flat front bi-radial type (JBL 23835A top left), large format bi-radial (JBL
2393 bottom left), medium format bi-radial (JBL 2383 top right}, and large format bi-radial constant
directivity (JBL 2365A bottom right). Products courtesy of JBL, inc. Nathan Vestrich-Shade {age 4)
courtesy of author and Victorla A. Vestrich.

CD horns provide tight pattern control in both the horizontal and vertical planes
characterized by even sound levels throughout the coverage area which then drop off
abruptly at the pattern coverage edge. In contrast, the other homn types discussed
above have good pattern control only in the horizontal plane which gradually rolls-
off towards the pattern coverage edge. The design coverage angles of CD horns
remain fairly constant throughout a frequency range between 800 to 13,000 Hz with
horizontal pattern control maintained to roughly one octave below.
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FIGURE 3-48. Side view of horns shown in Figure 3-47. Medium format bi-
radial type (JBL 2353 top ieft), large format bi-radial {(JBL 2393 bottom left),
small format flat front bi-radial (JBL 2385A top right), and farge format bi-radial
constant directivity {(JBL 2365A bottom right). Products courtesy of JBL, Inc.

The geometry of CD horns is quite complex and both flat and curved surfaces are
used to provide the design coverage angles. Each of the three manufacturers noted
above have developed their own unique horn geometries. The Electro-Voice CD horn
uses a hyperbolic throat geometry coupled to a conical radial bell. The horn mouth
was designed to correct for mid-range beaming by expanding the horn walls at a
greater flare rate resulting in perimeter flanges at the horn mouth. The Altec-Lansing
CD horn utilizes a vertical narrow angle diffraction horn, which transitions into a
conical waveguide, terminating into a larger vertical horn mouth geometry with
perimeter flanges to reduce mid-range beaming. The conical geometry provides
driver loading only down to 800 Hz, which is adequate for two-way and voice
loudspeaker systems. The JBL CD horn uses a radial horn geometry in both the
horizontal and vertical planes without flanges at the horn mouth to reduce edge
diffraction effects. In the horizontal plane, an exponentially expanding horn radiates
into a small curved diffraction slot which transitions into a large flared bell with
tapered sides to develop the design horizontal coverage angle. For the vertical plane,
the hom shape is fairly straight except for a flaring at the mouth. The exponential
horn section flare rate prior to the diffraction slot determines the vertical coverage
angle. Typical coverage angles range from 40° horizontal by 20° vertical, 60°
horizontal by 40° vertical, 90° horizontal by 40° vertical, and 120° horizontal by 40°
vertical.

The high-frequency response of a CD horn will fall off above the compression driver
mass break-pomt frequency. It is necessary therefore to use electronic frequency
equalization to restore flat on- and off-axis response above approximatety 3,500 Hz.
Many electronic crossovers and signal processing devices have built-in CD horn
compensation circuits. Alternately, separate electronic frequency equalizers can be
used.
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FIGURE 3-48. Side view of horns shown in Figure 3-47. Medium format bi-
radial type (JBL 2353 fop left), farge format bi-radial (JBL 2393 bottom left),
smail format flat front bi-radial (JBL 2385A top right), and large format bi-radial
constant directivity (JBL. 2365A bottom right). Products courtesy of JBL, Inc.

The geometry of CD horns is quite complex and both flat and curved surfaces are
used to provide the design coverage angles. Each of the three manufacturers noted
above have developed their own unique horn geometries. The Electro-Voice CD hom
uses a hyperbolic throat geometry coupled to a conical radial bell. The horn mouth
was designed to correct for mid-range beaming by expanding the horn walls at a
greater flare rate resulting in perimeter flanges at the horn mouth. The Altec-Lansing
CD horn utilizes a vertical narrow angle diffraction horn, which transitions into a
conical waveguide, terminating into a larger vertical horn mouth geometry with
perimeter flanges to reduce mid-range beaming. The conical geometry provides
driver loading only down to 800 Hz, which is adequate for two-way and voice
loudspeaker systems. The JBL CD horn uses a radial horn geometry in both the
horizontal and vertical planes without flanges at the horn mouth to reduce edge
diffraction effects. In the horizontal plane, an exponentially expanding horn radiates
into a small curved diffraction slot which transitions into a large flared bell with
tapered sides to develop the design horizontal coverage angle. For the vertical plane,
the horn shape is fairly straight except for a flaring at the mouth. The exponential
horn section flare rate prior to the diffraction slot determines the vertical coverage
angle. Typical coverage angles range from 40° horizontal by 20° vertical, 60°
horizontal by 40° vertical, 90° horizontal by 40° vertical, and 120° horizontal by 40°
vertical.

The high-frequency response of a CD hom will fall off above the compression driver
mass break-point frequency. It is necessary therefore to use electronic frequency
equalization to restore flat on- and off-axis response above approximately 3,500 Hz.
Many electronic crossovers and signal processing devices have built-in CD horn
compensation circuits. Alternately, separate electronic frequency equalizers can be
used.
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3.9.4.5 Defined Coverage Horns

Defined coverage horns, first developed by Don Keele of JBL in the mid 1980s and
by Dave Gumnmness of Electro-Voice in the late 1980s, have an asyminetrical coverage
pattern based on modified CD homs combining far-throw and near-throw homrn
sections. The coverage pattern in the horizontal plane can be symmetrical or
asymmetrical, based on the horn design. The coverage pattern in the vertical plane is
asymmetrical and is skewed front to back. These horns are intended to provide
coverage for seating areas conforming to specific aspect ratios or geometries, such as
rectangular or trapezoidal shapes. Figure 3-49 shows a defined coverage horn.

The defined coverage horns provide a higher

sound level, with a narrower horizontal coverage
angle at the top of the vertical far-throw pattern, to
cover distant seating locations. A lower sound
level, with a wider horizontal coverage angle at
the bottom of the vertical near-throw pattern,
covers the nearby seating locations. These
loudspeakers have output levels from the far-
throw section between 6 and 9 dB greater than the

far-throw section may be two times farther away
than the seats covered by the near-throw section,
the direct sound levels for both will be
approximately equal, due to greater inverse-square
law loss at the distant seats. Typical coverage
angles range from 60° horizontal by 60° vertical
far-throw combined with 90° horizontal by 60°
vertical near-throw to 38° horizontal by 25°
vertical far-throw combined with 110° horizontal

near-throw section. Since the seats covered by the

FIGURE 3-49. Asymmetrical defined coverage horn
with 80° horizontal by 60° vertical nearthrow and
60° horizontal by 60° vertical far-throw sections
(Altec Lansing Vari-Intense™ VIR). Photo courtesy

by 25° vertical near-throw.

Advantages with these horns include simplifying

of Mark IV Audio Group. sound system design, since fewer horns and power

amplifiers are required, reduced costs, and

potential for higher I/R ratio in the room. A
drawback is the horn positioning relative to the room geometry is more critical than
conventional horns to achieve the intended coverage pattern. This may preclude their
use in certain rooms. '

3.9.4.6 Complex Conic™ and CoEntrant™ Horns

Complex Conic™ horns were developed in 1994 by Ralph Heinz of Renkus-Heinz
and combine the advantages of oval and constant directivity horns. The hom is a
complex oval shape and provides a broad elliptical coverage pattern over a wide
frequency bandwidth. One advantage of this horn geometry is it eliminates the low-
frequency directional 90° “pattern flip” common with rectangular CD horns. The
smooth profile Complex Conic™ shape reduces reflections between the horn walls
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resulting in less harmonic distortion and a smoother frequency response. Typical
coverage angles range from 60°horizontal by 40° vertical, 90° horizontal by 40°
vertical, 90° horizontal by 60° vertical, and 120° horizontal by 60° vertical. Figure

3-50 shows a Complex Conic™ horn.

CoEntrant™ horns were developed by
Ralph Heinz at Renkus-Heinz in 1996
and approximate a horn-within-a-horn
design which shares some features of
coaxial horns described below. The mid-
range drivers are arranged symmetrically
about the high-frequency section creating
a coaxial source. A compound throat
section is used with separate mid-range
and mgh-frequency throat sections which
combine into a common single throat
horn. Different size hom apertures are
used for the drivers to optimize
performance. The high-frequency drivers
have narrow apertures to ensure wide
dispersion. The mid-range drivers have
larger apertures to reduce throat
distortion. The mid-range and high-
frequency drivers are physically aligned
resulting in a time coherent point source
from the apex of the common horn,
assuring good transition between mid- to

FIGURE 3-50. Complex Conic™ horn with 60°
horizontal by 60° vertical coverage angle
(Renkus-Heinz CDT500/66). Product courtesy
of Renkus-Heinz.

high-frequencies. Typical coverage angles range from 60° horizontal by 30° vertical,
90° horizontal by 40° vertical, and 120° horizontal by 50° vertical.

(See Technical Notes, Section 3.P, at the end of this chapter, for additional

information on horn directivity patterns.)

3.9.5 Paging Horns

Paging horns are complete with a compression driver and integral horn in a
prepackaged assembly. They are often available with a line matching transformer for
use in low-level constant voltage systems, but can be used as a high-level point
source without the transformer. Construction of the horn is usually of metal, although
plastics are increasingly used. Figure 3-51 shows a double reentrant paging horn.
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The most common horn geometry is the
reentrant horn, a type of folded horn
having a longer path length between the
compression driver and the horn mouth,
than a standard horn. These systems have
a restricted frequency response and
frequency-dependent coverage angles due
to the small compression driver and homn
size. The useful frequency response of
most paging horns is between 400 and
5,000 Hz, with the output falling off
beyond these limits. The frequency
response is not very smooth due to
numerous  system resonances. The  FGURE 3-51. Double reentrant paging horn
horizontal and vertical coverage angles  with 140° horizontal by 80° vertical coverage

vary between 40° and 140° in the Speech angle (Atlas/Soundolier APC-30T). Product
frequency ran ge courtesy of Atlas/Soundolier, Inc.

Paging horns are commonly used in industrial and transportation facilities where
greater sensitivity, typically 10 dB higher than standard cone drivers, and rugged
construction are advantageous. As the name implies these horns perform best for
voice annunciation only.

3.9.6 Coaxial Loudspeakers

Coaxial loudspeakers were developed in the 1940s by Altec Lansing, Jensen, RCA,
and Tannoy to provide a wide frequency range system in a single-chassis assembly.
Notable loudspeakers were developed by James B. Lansing, the Model 604, for Altec
Lansing in 1943 and by Rackham, the Dual Concentric, for Tannoy in 1947, These
two loudspeakers established a basis of design for this loudspeaker type which has
gradually been improved over the years. -

The coaxial loudspeaker utilizes separate low- and high-frequency drivers, with the
high-frequency driver mounted in the center of the low-frequency driver. The in-line
drivers radiate from the same point as would a single driver. Some designs use a
small format horn to reproduce the high frequencies. A crossover with steep slopes
and signal delay to align the acoustic centers of the individual drivers can optimize
the system frequency and time domain performance. Figure 3-52 shows the major
parts of the coaxial loudspeaker.
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FIGURE 3-52. Sectional drawing of a typical coaxial driver showing details of the major component parts. (Tannoy
Super Dual Congcentric). Drawing courtesy of Tannoy.

Advantages of coaxial loudspeakers compared to loudspeakers with separately
spaced dnivers include: (1) wider high-frequency coverage with smoother off-axis
response; (2) improved vertical coverage; (3) less diffractive effects; and (4) better
time-domain behavior. Coaxial loudspeakers have low-to-medium Q values due to
direct radiating tweeters and small format high-frequency horns. These loudspeakers
work best when used as a single system in low reverberant spaces or when placed
close to listeners. They are often inappropriate for a multiple loudspeaker central
cluster systems or split systems because of the wide coverage overlap between the
individual loudspeakers. Typical coverage angles range from 40° horizontal by 30°
vertical, 50° horizontal by 40° vertical, 90° horizontal by 40° vertical, and 90°
horizontal by 90° vertical.

Coaxial loudspeakers are classified into three broad categories: (1) separate high- and
low-frequency cone drivers; (2) combination high-frequency hom and low-frequency
cone dniver; and (3) separate high- and low-frequency horn drivers. Figure 3-53
shows coaxial drivers of various various sizes and types.
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FIGURE 3-53. Coaxfal drivers of various sizes and types: 15 in diameter cone
low-frequency element with 90° horizontal by 90° vertical coverage angle small
constant directivity horn (JBL 2155H left), 8 in diameter cone low-frequency
etement with 2V in diameter cone high-frequency element (Altec Lansing 409-
16T center), and 6%z in diameter cone low-frequency element with % in diameter
cone high-frequency element (Scundolier FA136T87 right). All drivers have
integral crossovers and line matching transformers for 70.7 V operation.
Products courtesy of JBL, inc., Mark IV Audio Group, and Atlas/Soundolier, Inc.

3.9.6.1 Separate High~ and Low-Frequency Cone Drivers

The simplest and least expensive coaxial loudspeaker uses a high-frequency cone
tweeter placed in front of a low-frequency cone driver. The tweeter is mounted with a
stud through the woofer pole piece or with a metal bracket across the woofer frame.
The tweeter is a simple dome or miniature cone between ¥% and 2% in diameter. The
tweeter is crossed over at approximately 2,000 Hz to the low-frequency cone driver,
which can be 6%, 8, 10, or 12 in diameter. Figure 3-54 shows two small coaxial
loudspeakers using separate high- and low-frequency drivers.
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FIGURE 3-54. Coaxial loudspeakers using separate high- and low-
frequency cone drivers of different sizes: 6 in diameter cone low-frequency
driver (JBL Control® 26CT left and 4 in diameter cone low-frequency driver
(JBL Control® 24CT right). Both have % in diamater titanium high-frequency
drivers. Loudspeaker enciosures have grilles removed. Products courtesy of
JBL, Inc.

The overall frequency response is 80 to 15,000 Hz, but smooth on-axis frequency
response is limited to around 12,000 Hz. The off-axis frequency response tends to fall
off rapidly beyond 45° for frequencies above 2,000 Hz. Power handling can be up to
100 W when the loudspeaker is not used with a line matching transformer. Most low-
cost coaxial loudspeakers are used in 70.7 V ceiling distributed systems and the line
matching transformer controls the power delivered to each loudspeaker. The nominal
coverage angle 1s 90° in both horizontal and vertical planes.

Disadvantages with low-cost coaxial loudspeakers include limited tweeter power
handling and uneven frequency response in the crossover region. At frequencies Just
below the crossover frequency, the woofer becomes more directional, while the
tweeter is more omnidirectional at frequencies just above the crossover frequency.
The resulting summation of acoustic energies with different directivities in a
common bandwidth results in poor frequency response about one-half octave above
and below the crossover frequency.

Because of their limitations, coaxial loudspeakers using high- and low-frequency
cone drivers are best suited to low-level ceiling distributed systems.

3.9.6.2 Combination High-Frequency Horn and Low-Frequency Cone Drivers

Combination high-frequency hom and low-frequency cone driver coaxial
loudspeakers can be subdivided into systems having a separate front-mounted high-
frequency horn driver and systems having a back-mounted high-frequency driver
with the woofer cone functioning as the horn.
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3.9.6.2.1 Front-Mounted High-Frequency Horn Driver

Coaxial loudspeakers with a front-mounted high-frequency horn have a compression
driver located behind the central axis of the woofer magnet pole piece. The
compression driver terminates into a small high-frequency horn frontally-mounted to
the woofer. The horn throat passes through the center of the woofer assembly back to
the compression driver phasing plug. One to 2 in compression drivers are commonly
used which cross over between 1,500 and 3,500 Hz to a wooferof 10, 12, 15,0r 18 in
diameter. The higher sensitivity compression driver produces greater sound levels
than the woofer. It is necessary to attenuate the horn output level within the crossover
network to linearize the response of the two drivers. Figure 3-55 shows two medium
size coaxial loudspeakers using a front-mounted high-frequency horn driver.

L ) i g

FIGURE 3-55. Medium size coaxial loudspeaker using one 1 in compression
driver on a 50° horizontal by 40° vertical small constant directivity horn with 10 in
low-frequency driver within a medium constant directivity horn (Frazier CAT™
56 left)y and medium size coaxial loudspeaker using one 1 in dome high
frequency driver on a 90° horizontat by 90° vertical horn with an 8 in low-
frequency driver within a conic horn (Frazier CAT™ 40 right). Note use of
acoustical foam at edges of homs to minimize sound diffraction effects and
angled edges at the sides for low-frequency directional control. Loudspeaker
cabinets have grilles removed. Products courtesy of Frazier Loudspeakers.

The overall frequency response is between 60 to 17,000 Hz, with smooth on-axis
frequency response extending to around 15,000 Hz. The off-axis frequency response
tends to fall off beyond 45° for frequencies above 4,000 Hz. The power handling
capacity of the hom coaxial loudspeaker system is greater than the cone coaxial
system, with power ratings up to 250 W when the loudspeaker is not used with a line
matching transformer, However, like any other compression driver, high-frequency
power handling is limited by thermal and excursion limits of the motor assembly and
diaphragm. The woofer is excursion limited since the high-frequency throat extends
into the cone. Some loudspeakers are available with high-output line matching
transformers for use in 70.7 V ceiling distributed systems. The nominal coverage
angle is 90° in both horizontal and vertical planes.
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The high-frequency homn provides directional control for several octaves above the
crossover frequency. Directional control below 1,500 Hz is generally not feasible due
to the small horn size. A larger horn can not be used since it will acoustically shadow
mid-range sound radiating from the woofer. Above the crossover frequency the
woofer becomes more directional and the horn can affect the radiation pattern in this
frequency range.

Coaxial loudspeakers with a front-mounted high-frequency horn are commonly used
for quality ceiling distributed systems requiring high sound levels.

3.9.6.2.2 Back-Mounted High-Frequency Driver with Cone Horn

The coaxial loudspeaker with a back-mounted high-frequency compression driver
uses the woofer cone geometry as a horn extension to provide directional sound
control. The driver and the horn throat are installed behind the woofer with the cone
completing the high-frequency horn flare. Some designs use a tulip-shaped
waveguide to couple the compression driver to the cone. The back-mounted coaxial
driver alignment has the benefit of reducing diffraction interference due to the horn
blocking the front of the cone, but can result in higher intermodulation distortion.

The British firm Tanney is well known for this type of coaxial loudspeaker. Their
products use 1 and 2 in compression drivers coupled to 10, 12, and 15 in woofers. A
unique aspect of this loudspeaker type is the need for a minimum phase crossover
network since the low- and high-frequency acoustic centers are in close physical

alignment.

The profile, size, and depth of the woofer cone determines the directivity factor of the
coaxial loudspeaker system across the frequency bandwidth. High-frequency
coverage uniformity is controlled by the cone profile and depth. The cone profile, be
it conical, exponential, or straight, has unique directional properties. A cone with an
exponential flare will exhibit narrower coverage as frequency increases. A conical-
shaped cone will approximate the rapid flare rate of a CD horn. Shallower cones tend
to have a more rapid flare rate with a resulting reduction in second harmonic
distortion, better high-frequency pattern control, and reduced high-frequency
beaming. The low-frequency coverage directivity is controlled by the cone size. As
with all cone drivers, the directivity factor increases as frequency increases for a
given cone size.

Much of the material relating to frequency response and power handling discussed in
the front-mounted hom coaxial loudspeaker section is applicable to this type of
coaxial loudspeaker.

Advantages with the back-mounted high-frequency driver with cone horn include:
(1) closer “point source” approximation; (2) compact size; (3) even, controlled
dispersion in both horizontal and vertical planes on- and off-axis; and (4) smooth
acoustical and electrical impedance characteristics. These loudspeakers find wide
applhication in small clusters, high quality ceiling distributed systems, and control
room monitoring. Figure 3-56 is representative of this coaxial loudspeaker type.
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3.9.6.3 Separate High- and Low-Frequency Horn Drivers

Fully horn-loaded coaxial loudspeakers, using a horn-within-a-hom concept, provide
better directional control at lower frequencies, have higher efficiency, and can handle
greater power amplifier input than the other coaxial loudspeakers discussed above.
An early successful loudspeaker of this type was developed by Bruce Howze at
Community Light Sound in 1975. Figure 3-56 shows a coaxial loudspeaker with
separate high- and low-frequency drivers.

FIGURE 3-56. Two-way coaxial loudspeaker having a 90° horizontal by 50° vertical
coverage angle using one 4 in compression driver on a front-mounted small format
constant directivity horn within a large format constant directivity horn with a 4 in
mid/low-frequency compression driver (JBL 2192). Nominal dimensions are 44 in
wide by 44 in high by 34 in deep. Photo courtesy of JBL, Inc.

These systems are available in both two-way and three-way configurations. Two-way
systems use 8, 12, or 15 in cone drivers installed in a large format horn, or a horn-
loaded mid-range compression driver with a 3 to 4 in diameter diaphragm, to
reproduce the frequency range between 200 and 2,000 Hz. A separate horn-loaded
high-frequency compression driver with a 1 to 4 in diameter diaphragm is nested in
front of the mid-range horn to cover the frequency range between 2,000 and 12,000
Hz. Three-way systems use dual 12 in, single 15 in, or single 18 in cone drivers to
reproduce the frequency range below 600 Hz, a horn-loaded mid-range compression
driver with a 2 to 3 in diameter diaphragm to reproduce the frequency range between
600 and 3,500 Hz, and a horn-loaded high-frequency compression driver with a 1 in
diameter diaphragm to reproduce the frequency range between 3,500 to 15,000 Hz. A
wide variety of coverage patterns are available for near-throw and far-throw
applications, with CD horns commonly used for the high-frequency reproduction.
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Large coaxial horn systems find wide application in high-level sound reinforcement
such as in outdoor stadia and sports facilities.

3.9.7 Single Full-Range Multi-Way Loudspeakers

The first full-range multi-way loudspeaker system was developed by Rice and
Kellogg of the General Electric Company in 1923. Their system used three horn
loudspeakers, each covering a separate frequency range. The first commercial
application of full-range multi-way systems was in the motion picture industry. A
curled horn (to minimize space), similar in appearance to a forward-radiating French
horn, was used for the mid- and high-frequencies and dynamic loudspeakers in a
baffle were used for the low-frequencies. Later work by Volkmann of RCA in the
early 1930s developed the phase-aligned “pyramid radial horn” multiple loudspeaker
array.

Today, single full-range multi-way loudspeakers are commonly used for both speech
and music programs in permanent installations and portable systems. Manufacturers
provide a variety of loudspeakers having different frequency response characteristics,
coverage angles, and power handling capabilitics. Common configurations use a
combination of low-frequency cone drivers, mid-range and high-frequency homs,
and an internal crossover network all within a single enclosure. Two-way and three-
way loudspeaker systems are the most popular, some of which can be bi- or tri-
amplified. Figures 3-57, 3-58, and 3-59 show single full-range multi-way
loudspeakers of various sizes and types.

FIGURE 3-57. Small size full-range two-way loudspeaker using
two 62 in low-frequency drivers, one 1 in compression driver on
Complex Conic™ horn with 150° horizontal by 60° vertical
coverage angle (Renkus-Heinz SR62H). Loudspeaker is
intended for horizontal placement under balconies, Loudspeaker
cabinet has grille removed. Product courtesy of Renkus-Heinz.
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FIGURE 3-58. Medium size full-
range two-way loudspeaker using
two 8 in low-frequency drivers,
one 1 in compressicn driver on
Complex Conic™ horn with 90°
horizontai by 40°  vertical
coverage angle (Renkus-Heinz
TRC82 left) and three-way
loudspeaker using one 12 in low-
frequency driver, one 8 in mid-
range driver, and one 1 in
compression driver on Complex
Conic™ and CoEntrant™ horn
with 90° horizontal by 40° vertical
coverage angle (Renkus-Heinz
SR6/9 right). Loudspeaker
cabinets have grilles removed.
Products courtesy of Renkus-
Heinz.

FIGURE 3-59. Large size full-range
three-way loudspeaker using one 15 in
low-frequency driver, one 8 in mid-
range driver, and one 1 in compression
driver on Complex Conic™ and
CoEntrant™ horn with 60° horizontal
by 40° vertical coverage angle
{Renkus-Heinz CT5/64). Loudspeaker
cabinet has grille removed. Product
courtesy of Renkus-Heinz.
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Two-way loudspeakers have a crossover frequency in the 1,000 to 2,500 Hz range. In
this frequency range, the low-frequency driver has considerable output but its
directional pattern is narrow due to high-frequency sound radiating from the woofer.
The high-frequency hom provides broad sound coverage in the crossover frequency
region. The interaction of on-axis radiation from the woofer and the broad coverage
high-frequency horn can result in variations in on- and off-axis sound quality.
Typically, these frequency variations are in the 800 to 3,000 Hz range, where the ear
is most sensitive. In such cases a three-way loudspeaker may be a better choice for
quality reproduction where the crossover frequencies are commonly at 500 and
4,000 Hz.

The performance characteristics of single full-range multi-way loudspeakers include
nominal frequency response between 50 and 15,000 Hz, typical mid-range frequency
Q values between 8 and 15, and power handling of 100 to 500 W. Horizontal and
vertical coverage angles are available in a wide range of values based upon the horn
type installed within the enclosure. These systems generally perform best in rooms
having a T, less than 1.6 s and may not provide adequate speech intelligibility in
more reverberant rooms unless placed close to the listener. Poor directional pattern
control at low-frequencies and moderate directional pattern control at high-
frequencies are two inherent design compromises, due to the front-mounted woofer
and a relatively small high-frequency horm selected to fit within the cabinet. The
designer should use separate horn-loaded woofers and large high-frequency horns
arranged in a cluster configuration when improved directional pattern control and
higher Q values are necessary, particularly in large reverberant rooms.

3.9.8 Processor-Controlled Loudspeakers

The latest advances in loudspeaker design use DSP signal processing to optimize the
performance of multi-way loudspeakers, typically those in bi-amplified and tri-
amplified configurations. Some manufacturers produce companion signal processors
tailored to the specifics of their loudspeakers. The signal processor receives input
from the signal mixer, or another electronic component, with output to the power
amplifiers. Some loudspeaker signal processors can daisy-chain multiple amplifiers
to a single signal processor.

The signal processing can provide low-level crossover, high-pass and low-pass
filtering, frequency equalization, CD horn compensation, signal delay, level
adjustment, loudspeaker overload protection, and other features the manufacturer
deems necessary. The audible result is a wide and smooth frequency response with
enhanced dynamic range and better signal alignment between the individual drivers.

One particular advantage with processor-controlled loudspeakers is the requirement
for external signal processing equipment is reduced, which can lower system
installation costs.
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3.9.9 Self-Powered Loudspeakers

A variety of loudspeakers have power amplifiers integral within the loudspeaker
cabinet. Common are bi- or tri-amplified configurations with a separate power
amplifier connected to each low-, mid-, or high-frequency loudspeaker section.

Self-powered (active) loudspeakers have several advantages over passive
loudspeakers. The power amplifier is matched to the loudspeaker section and can
provide the optimum power and signal drive characteristics. The series load
resistance due to a long cable between the power amplifier and loudspeaker is
eliminated which results in a greater damping factor for the loudspeaker and less
power loss through the cable.

A source of 120 VAC electrical power is necessary to be installed near the
loudspeakers to power the amplifiers. The audio signal is routed to the loudspeaker
via a lme level cable. Figure 3-60 shows a self-powered sub-woofer having a
cardioid-shaped directivity pattern which is useful for reducing sound levels on-stage
that might exacerbate feedback.

FIGURE 3-60. Self-powered cardicid subwoofer (Meyer Sound Laboratories PSW-6), rear (left) and front
(right). Two 15 In drivers are at rear with two 18 in and two 15 in drivers at front. All drivers are in separate
ported chambers. The rear two drivers are signal processed to redirect the sound energy towards the front,
resulting in a 15 to 20 dB attenuation of the rearward radiating sound energy. Four power amplifiers and
active signal processing electronics are contained within the loudspeaker enclosure. Photo courtesy of Meyer
Sound Laboratories.
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3.10 Assistive Listening Systems

Over 28 million Americans have some form of hearing impairment and less than 20
percent of the hearing impaired population wears a hearing aid. Assistive listening
systems (ALS) are wireless electronic devices which distribute an audio signal via a
transmitter radiating electro-magnetic energy to listeners wearing an appropriate
receiver. Similar to a hearing aid, an ALS makes sound louder, but differs in that it
makes desired sounds louder without amplifying the ambient noise near the listener.
ALS provisions are required in places of public accommodation and assembly as
mandated by the Americans with Disabilities Act (ADA). Figure 3-61 shows the
international ALS symbol.

FIGURE 3-61. International symbol indicating
that assistive listening equipment is available
for use by facility patrons.

The audio signal routed to the ALS can originate from the sound system signal mixer,
or from a dedicated microphone, when a sound reinforcement system is not used. The
radiated signal from the ALS is picked-up by the listener wearing a small receiver
with ear pieces. Individuals with hearing impairment may require ALS to adequately
hear the program even when a sound reinforcement system is used. Others with
normal hearing acuity may benefit from an ALS where room reverberation or high
noise levels reduce speech intelligibility.

Many personal hearing aids have a built-in tele-coil. The purpose of the tele-coil is to
pick-up a magnetic field generated by an electrical current flowing through a wire
loop. This technique is used in the telephone handset to couple the hearing aid with
the telephone loudspeaker and some ALS technologies utilize this same concept.
Many hearing aids have a switch that permits changing between the internal
microphone (for normal listening to sounds within the room) and the internal tele-
coil (for receiving inductively transmitted sound via the tele-coil). Some hearing aids
have the provision to listen simultaneously to both signals. The quality of many tele-
coils is poor which results in an unpleasant audio quality. Behind-the-ear hearing aids
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permit a larger tele-coil to be used but the trend with hearing aids is towards smaller
less visually obtrusive in-ear devices. The smaller size of these hearing aids can not
fit an effective tele-coil. ALS manufacturers have developed a variety of receiver ear
pieces to accommodate listeners wearing hearing aids.

3.10.1 Types of ALS

The three broad categories of ALS devices include: (1) radio frequency (FM)
broadcast; (2) infrared (IR) light radiation; and (3) magnetic induction loop (IL).
Each type of ALS has unique advantages, limitations, and installation requirements.
Because of this there is no one system applicable to all facilities. Table 3-4

summarizes characteristics and applications of different ALS technologies.

TABLE 3-4. Summary of ALS Technologies

. Typical
System Type Advantages Disadvantages Applications
Radio Frequency (FM) Highly portable. Susceptible to radio Classrooms

Transmitter - Transmitter
with antenna.

Different channels permit
multi-channel programs.

frequency interference
(RF1) and other radio

Houses of worship
Meeting spaces

Receiver - Various types Can be integrated into a broadcasts. May require Cutdoors
with or without induction sound system or used as field or factory Theaters
coupler and neck loop for a portable unit. Moderate modification to reduce Tour groups
tele-coils. cost. interference. Lack of

security and privacy.
Infrared {IR) Insures privacy and Limited portability. Classrooms
Transmitter - Emitter with confidentialify. Different Line-of-sight between Courtrooms

LEDs.

Receiver - Various types
with or without induction
coupter and neck loop for
tele-coils.

channels permit multi-
channel programs. Can be
integrated into sound
system or used as a
portable unit.

transmitier and receiver
required. Affected by
daylight, some lighting
ballasts and fluorescent
lights. High cost.

Houses of worship
Meeting spaces
Television viewing
Theaters

Magnetic Induction Loop (IL)
Transmitter - Radiating
induction wire loop around
listening area.

Receiver - Self-contained
induction receiver or
personal hearing aid with

{ tele-coll.

l.ow maintenance.
Unobtrusive. Can be
integrated info a sound
system. Some hearing
aids can act as separate
receivers. Low cost.

Limited portability.

Lack of security and
privacy. Signal susceptible
to electrical interference.
Varying signal strength.
Difficult to retrofit in
existing space. Older
technology.

Classrooms
Houses of worship
Meeting spaces
Retirement centers
Television viewing
Theaters
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3.10.1.1 FM Systems

FM systems wuse frequency-
modulated radio waves to broadcast =
an audio signal into the room. The
system components comprise a
transmitter, antenna, power supply,
and receivers. The audio signal is
input to the transmitter from the
signal mixer or a dedicated
microphone. The modulated audio
signal is routed to the antenna and
radiated where it is picked-up by a
receiver worn by the listener, The
receiver demodulates the signal,
amplifies the audio signal, and
routes it to ear pieces worn by the
listener. Power to the transmitter is
from a 120 VAC electrical power
receptacle. No license is required to ]
use FM  systems, but the |woymrerarsmgeres
manufacturer’s equipment must be | o
FCC type approved. Figure 3-62 i .

FIGURE 3-62. FM assistive listening system

shows an FM assistive hstenmg comprising transmitter with antenna (Phonic Ear PE
system. 550T left) and receiver unit (Phonic Ear PE 300R
right). Products courtesy of Phonic Ear, Inc,

The standard VHF bandwidths

assigned by the FCC for FM

assistive listening systems are 72 to 76 MHz (low band) and 216.0125 to 216.9875
MHz (high band), both limited to a transmitter power output of 1 W. Up to 57
wideband and narrowband channels are available in each of the low and high
transmission bands, with each channel assigned a unique carrier frequency.
Wideband channels are available between 72.1 and 75.9 MHz (low band) and
216.025 and 216.975 MHz (high band). Narrowband channels are available between
72.025 and 75.975 MHz (low band) and 216.0125 and 216.9875 MHz (high band).

Different FM systems are available from manufacturers to suit a variety of
applications. The major distinctions are whether the system has narrowband or
wideband tuning and if the channels operate either in the low or high bands. Assistive
listening systems can be operated in low or high bands. Language interpretation and
tour guide systems are restricted to the high band. Narrowband ALS devices have
advantages of more precise tuning and the potential for less RFI interference.
However, they require field adjustment, or with some products, factory modification
to change the carrier frequency. Widsband devices use tunable crystals that can be
field adjusted to eliminate RFI interference by changing the carrier frequency. Some
manufacturers have systems which can be switched between narrowband and
wideband tuning. Both narrowband and wideband systems can be used in a multi-
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channel application, such as large cinema complexes. The number of avaijlable
channels varies between different manufacturers, with up to 40 channels being
common.

Another distinction is the type of antenna connected to the transmitter. The standard
antenna is the quarter wave “whip” or “rubber duckie” type which connects directly
to the back of the transmitter. These antennae provide adequate field strength for
receiver distances up to approximately 300 ft from the transmitter. For distances
between 300 and 800 ft it is necessary to use a “large area” antenna. This antenna is
remotely connected to the transmitter and is installed in the room the audience is in.
For best {ransmission and reception, the antenna should have a direct line-of-sight to
the audience. The remote antenna is commonly provided with a ground plane which
increases the field strength of the signal to improve reception. In practice, the
transmission distances noted above can be reduced by structural steel building
elements in the vicinity of the transmitter and antenna. One disadvantage with the
remote antenna is it requires proper impedance matched cables. Where distances
between the transmitter and antenna are within 100 ft, type RG58/U coaxial cable can
be used. Longer distances, up to 300 fi, require type RG8/U coaxial cable.

3.10.1.1.1 Advantages of FM Systems

FM systems have advantages over IR and IL ALS technologies. The audio
advantages include greater signal bandwidth and less noise than IL systems, allowing
for better fidelity. Functionally, the system has advantages of being able to be used
outdoors, or indoors in high ambient light environments, compared to IR systems.
Visually, the antenna can be hidden or can be remotely located for distant signal
transmission. Each receiver is tuned to a dedicated frequency and it is not possible to
pick-up incorrect signal broadcasts.

3.10.1.1.2 Disadvantages of FM Systems

The major disadvantage with FM systems is the lack of security and privacy. Since
the signal can radiate into adjacent rooms or outside, it may be possible to eavesdrop
on the proceedings if the listener has a receiver tuned to the correct carrier frequency.
Another problem is the potential for outside RFI interference from legal and illegal
radio sources, particularly in large metropolitan areas. Individuals wearing hearing
aids can use FM receivers, but a special tele-coil receiver is required to be compatible
with their hearing aid.

3.10.1.2 IR Systems

IR systems use modulated light radiation to broadcast an audio signal into the room.
The system components comprise a modulator (sometimes called a transmitter or
bage station), one or more emitter panels (sometimes called a radiator), power supply,
and receivers. Some products combine the modulator and emitter panel into one
device. Figure 3-63 shows an IR assistive listening system.
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FIGURE 3-63. IR assistive listening system comprising emitter panel (Phonic Ear PE 600E white
color teft and black color right) and receiver unit {Phonic Ear PE 600R center). Products courtesy of
Phonic Ear, Inc.

The audio signal is input to the modulator from the signal mixer or a dedicated
microphone. The modulator superimposes a subcarrier signal onto the audio signal to
create an amplitude-modulated signal which is routed to the emitter panel(s). The
emitter panel has numerous LEDs that convert the amplitude-modulated signal into
IR light which radiates into the room. Power to the emitter panel can be from a
dedicated 120 VAC electrical power receptacle, or by 24 VDC power generated by
the modulator and carried on the audio signal cable comnecting the modulator and
emitter panel. The latter method may simplify some installation applications. Once
radiated into the room, the IR light is picked-up by a receiver worn by the listener.
The receiver has an IR light sensitive diode and a filter which attenuates visible light
but passes the IR light. The receiver demodulates the IR light into the original audio
signal, amplifies the audio signal, and routes it to ear pieces womn by the listener.

Infrared systems are not under FCC jurisdiction because these devices do not emit
radio waves. The standard transmission frequencies for IR ALS are 95 to 250 kHz
(low band) and 2.3 to 2.8 MHz (high band) which have been sanctioned by the
International Electrotechnical Commission (IEC). Both wideband and narrowband
transmission modes are available. The wideband carrier frequencies (95 kHz, 250
kHz, 2.3 MHz, and 2.8 MHz) are used for single- and two-channel systems. The
latter two carrier frequencies were assigned in response to interference problems
from energy-saving lighting ballasts operating at 50 kHz. Wideband two-channel
stereo IR systems use 95 kHz or 2.3 MHz for channel one and 250 kHz or 2.8 MHz
for channel two. The wideband transmission mode operates with an extended
frequency bandwidth, typically between 20 and 18,000 Hz. The narrowband
transmission mode is used for up to 32 separate channels, with each channel assigned
a unique carrier frequency between 55 and 1,335 kHz. Multi-channel systems are
commonly used in language interpretation systems and “Broadway” shows.
Currently, no manufacturer offers a transmitter capable of narrowband operation in
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the higher 2.3 or 2.8 MHz carrier frequency bands. The narrowband transmission
mode operates with a reduced frequency bandwidth, typically between 50 and
8,000 Hz.

3.10.1.2.1 Determining Number of Emitter Panels

The number of emitter panels required for a specific installation will depend on the
emitter panel coverage area, distance between emitter panel and receiver, audience
seating area size and shape, number of channels, light reflectance and roughness of
room surfaces, and room ambient light levels.

The IR radiation pattern from most emitter panels is cone-shaped with a coverage
angle between 40° and 60° based on the specific manufacturer’s product. Newer
emitter panels have an 80° coverage angle which provides a wider but shorter throw
coverage pattern. The coverage angle and area covered by the emitter panel is based
on the type and number of IR LEDs. Emitter panels are available for a variety of
different room sizes: (1) “small area” systems are capable of covering up to 400 f* at
distances up to 25 fi; (2) “medium area” systems between 400 and 4,000 fi*at
distances up to 60 ft; and (3) “large area” systems between 8,000 and 12,000 fi* at
distances up to 150 ft. These distances are for good S/N ratio performance, but
useable signal levels with higher background noise, extend reception distances.

The primary distinctions between emitter panel performance are the power output,
typically 0.5, 2, 5, or 10 W, and the number of LEDs. The emitter panel LEDs are
used in multiple arrays to achieve usable radiated power levels. The area covered by
cach LED varies between 35 and 85 fi* depending on the LED design. Higher output
levels or a greater number of LEDs will increase the emitter panel coverage area. The
area covered by the emitter panel will be halved for each doubling of the number of
channels in the IR system. This is because the emitter panel output power is divided
evenly between each carrier frequency used for each channel. The manufacturer’s
data should be reviewed for details on specific emitter panel coverage patterns and
areas.

Direct and reflected components of IR light are present in a room, similar to sound.
Positioning the emitter panel at the front of the room facing the audience will
enhance the direct IR light reception on the receiver LED. The emitter panel should
be installed to the left or right of the room centerline at an elevation of 10 to 40 ft
above and aimed down towards the audience seating area. Additional emitter panels
may be necessary if coverage is not adequate from a single panel. Other emitter panel
layout examples are described below.

1. Emitter Panels Directly Side-by-Side: In this installation two panels
are positioned next to one another facing the audience area. By
doubling the radiating power from a common point the transmission
distance increases by a factor of 1.41. This installation is effective for
receiver positions along the middle of the emitter panel axes.
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2. Emitter Panels Spaced Side-by-Side: This installation is similar to
the above, but the panels are spaced apart to create a square coverage
area. The arrangement is effective for movie theaters and auditoria
where the audience is normally facing towards the emitter panels. A
variant of this is to use an emitter panel in the left and right front
comners of the room and aimed in a 45° cross-fired pattern directed at
the audience seating area. A narrower coverage area of higher IR light
intensity is created by the cross-fired pattern.

3. Emitter Panels Behind One Another: This installation places two
emitter panels in-line with one another with one panel at the room front
and a second panel located about half-way along the room length
dimension. The primary advantage of this arrangement is long narrow
rooms can be covered, with each emitter panel covering one-half of the
room.

4. Emitter Panels Facing One Another: This installation places two
emitter panels with one panel at the front and a second panel at the rear
facing each other. This arrangement is suitable for rooms having
varying seating layouts, such as convention centers, hotel ballrooms,
and subdivisible spaces. A variant of this is to use four emiiter panels,
with one in each corner facing towards the room center.

5. Emitter Panels in Central Cluster: This installation places several
emitter panels in the center of the room atmed at different angles to the
audience seating area. This arrangement is suitable for circular-shaped
rooms and sports arenas.

6. Remote Emitter Panels: Alcoves, balcony, under balcony, transcepts,
and other locations not having direct line-of-sight to the primary
emitter panels require supplemental emitter panels to provide adequate
IR light levels.

Room surfaces which are light colored or smooth will reflect IR energy and increase
the total IR field strength in the room. Dark colored or rough textured surfaces will
absorb IR light energy and reduce the total IR field strength. Increasing the number
of emitter panels by 50 percent is often necessary in some installations to overcome
daylight, dark room colors, or rough room surfaces.

Note that in contrast to loudspeaker systems, overlap in the coverage pattemns of
different emitter panels is not detrimental to reception and the ultimate audible
quality heard by the listener. Multiple IR panels which are daisy-chained together
need to terminate in a 50 Q blocking resistor to avoid generation of standing waves in
the system.
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3.10.1.2.2 Advantages of IR Systems

IR systems have advantages over FM and IL ALS technologies. The audio
advantages include a wider signal bandwidth and lower noise levels, which provides
better fidelity than the other ALS technologies. Security advantages include IR signal
containment within the room. The IR signal behaves as visible light and can not pass
through opaque materials or the room enclosure, but can pass through glass and open
windows or doors. Additionally, the system is not susceptible to RFI interference
from outside sources. The life expectancy of emitter panels is about 100,000 hours
before the light output diminishes to approximately 70 percent of its original value.

3.10.1.2.3 Disadvantages of IR Systems

The primary disadvantage with IR systems is their susceptibility to interference from
ambient IR light sources such as daylight, incandescent light, and fluorescent light.
Daylight contains varying degrees of IR light energy depending on the outside cloud
cover. Partially dimmed incandescent lights can have a shift in the red spectrum of
the light energy which results in more IR light output from the lighting fixtures. New
types of energy efficient fluorescent lighting ballasts may excite light filaments at a
frequency between 25 and 50 kHz which generates a signal two times the value (50
to 100 kHz) which can interfere with the 95 kHz carrier frequency of some
IR systems.

The ambient IR light guidelines listed below should be followed when specifying IR
systems.

1. Daylight: Less than 200 foot-candles (fc) for useable operation;
potential interference between 200 and 1,000 fc; inoperable above
1,000 fc.

2. Incandescent Light: Less than 40 fc for useable operation; potential
interference between 40 and 200 fc; inoperable above 200 fc.

3. Fluorescent Light: Less than 100 fc for useable operation; potential
interference between 100 and 1,000 fc; inoperable above 1,000 fc.

Installing additional emitter panels to strengthen the radiated IR energy intensity will
increase the S/N ratio for the IR signal.

The emitter panels and receivers can not be covered or concealed, otherwise the
radiation or reception of IR light intensity will be reduced. Installation clearance of 3
in minimum is required at the back, sides, top, and bottom of the emitter panel to
dissipate heat build-up from the LEDs. This often results in the panel protruding from
the wall surface which may not be aesthetically acceptable. White colored emitter
panels are available from some manufacturers which may blend in better with certain
room color schemes than the standard black colored units. Figure 3-64 illustrates IR
emitter panels in a church.
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FIGURE 3-64. IR assistive listening emitter panels showing discrete nature of white versus black color
in an historic church sanctuary. Note position of panels near window which is not recommended due to
potential daylight interference. Photo courtesy of Phonic Ear, inc.

3.10.1.3 IL Systems

The oldest ALS technology is the IL system which is not as frequently used
compared to the newer FM and IR systems. However, IL systems can be applied with
good results, and in certain installations, provide superior performance to the other
ALS technologies. The system components comprise a power amplifier,
autotransformer, wire loop, and receivers.

IL systems use a modulated magnetic field to broadcast an audio signal from a wire
routed around the room perimeter. Only the vertical component of the radiated
magnetic field is used by IL systems for three reasons: (1) the vertical field strength
is greater within the loop area; (2) hearing aid tele-coils are positioned to be more
sensitive to the vertical field; and (3) changes in the listener’s head position, as when
turning, will not alter the pick-up of the vertical field component.
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The audio signal is input to the IL system power amplifier from a signal mixer,
television (with appropriate connector), microphone, or other electronic component.
An alternating electrical current from the power amplifier flows through the
perimeter wire loop and generates a modulated magnetic field which is picked up by
receivers or the listener’s hearing aid, provided it is supplied with a tele-coil. The
receiver converts the magnetic field into an alternating current, amplifies the audio
signal, and routes it to ear pieces worn by the listener. In the case of the tele-coil-
equipped hearing aid, direct coupling is made to the magnetic field and an alternating
current results which is amplified by the hearing aid. Special receivers with a
magnetic coupling device are available for hearing aids not equipped with tele-coils.

The power amplifier often has a built-in compressor/limiter to reduce the signal
dynamic range so as not to clip the amplifier output stage or the tele-coil input. Music
will typically use a 4:1 compression ratio and speech up to a 20:1 compression ratio.
Both voltage drive and current drive power amplifiers are available. When driving
long loops, the outputs of several power amplifiers may need to be summed to
overcome the volitage drop across the loop. Manufacturers provide summing
networks for their power amplifiers. The autotransformer provides impedance
matching of the amplifier output to the wire loop. Standard round single-conductor
cable with PVC jacket or flat foil cable for under-carpet application can be used.
Protective conduit for the loop wire must be non-metallic, otherwise, magnetic
shielding can occur.

For optimum magnetic field distribution around the listener, the loop should be
positioned about 10 to 20 percent of the smallest loop dimension above or below the
listening plane. Floor installation is the most common, but if ceiling installation is
necessary, the ceiling height should be limited to less than 10 ft. The magnetic field
strength will diminish from the edge to the center of the loop. The normal limit of
acceptability is a 5 dB variation between edge and center locations.

3.10.1.3.1 Advantages of I Systems

The IL system offers advantages compared to the FM and IR ALS technologies. The
perimeter wire loop can be routed around selected areas which may reduce
installation complexity. The thin wire is flexible and can be installed under carpets,
above acoustical tile ceilings, or in stud walls, making installation invisible.
Additionally, direct pick-up of the radiated magnetic signal from properly equipped
hearing aids with tele-coils may be useful in some installations, such as retirement
centers,

3.10.1.3.2 Disadvantages of Il Systems

The major disadvantages with IL systems are the susceptibility to EMI, radio
frequency interference (RFI), and the ability of the magnetic signal to radiate into
adjacent spaces. In general, these systems are not designed to be electro-magnetic
compatible (EMC).

Nearby magnetic fields from lighting ballasts, loudspeakers, and transformers can
interfere with the loop radiation. The proximity to building structural steel elements
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may affect the magnetic signal strength and distribution. The power amplifier current
drive may need to be increased to account for magnetic field strength losses. Often, 3
to 12 dB higher current values are necessary over the “no-loss” conditions. The
magnetic field strength loss is frequency dependent and is about 3 dB/octave, with up
to 15 dB of loss occurring from 150 to 5,000 Hz. To overcome this, the frequency of
the modulated magnetic signal can be boosted in a predefined manner using
manufacturer’s proprietary circuits.

The spillover of the magnetic field can occur at distances up to three or four loop
sizes away. Special loop arrays which rapidly reduce the signal strength outside the
loop layout pattern can permit loops in adjacent rooms to be used. These loops often
use a phase shifting network between the loop arrays or the loops are driven at
different levels. Up to 40 dB of isolation between adjacent loop arrays can be
achieved.

The final disadvantage with IL systems is only about 12 percent of the hearing
impaired population can take advantage of IL technology. Statistics indicated
approximately 20 percent of the hearing impaired population wears a hearing aid and
only about 60 percent of those hearing aids are equipped with tele-coils.

3.10.2 Receivers and Far Pieces

ALS receivers and ear pieces are available in a variety of styles to suit specific user
needs. Some receivers have integral ear pieces. Others have a separate car piece
which plugs into the receiver via a cable. Figure 3-65 shows different types of
recetvers and ear pieces.

FIGURE 3-65. Ear pieces for use
with ALS receivers: induction loop
neck coil (Phonic Ear AT163-B top),
small double muff headset (Phonic
Ear AT541-14 left), miniature ear
buds (Sony A340 center), and IR
headset (Phonic Ear PE 601R right).
Products courtesy of Phonic Ear,
Inc. and Sony, Inc.

Receivers are either a small pocket style or an under-the-chin style. Commonly, FM
systems use small pocket style receivers and IR systems use under-the-chin style
receivers, although some manufacturers offer both styles. For ADA requirements, the
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total number of receivers must equal four percent of the facility occupancy load
capacity.

Caution should be exercised when using IR receivers due to the potential for
inadvertent blocking of the IR signal at the receiver detector. Pocket style IR
receivers have a pick-up angle of approximately 160°; headset style IR receivers
have a pick-up angle of 360°. The headset receiver has the advantage of better pick-
up of the IR signal, but this must be weighed against the potential for obstructing
sight lines to patrons sitting behind an individual wearing a headset.

Ear picces are designed for listeners with and without hearing aids. Listeners who
wear hearing aids normally use an induction loop coil worn around the neck, an
induction coil ear canal earphone, or a miniature ear speaker worn on the pinna. All
plug into a small pocket style receiver. Ear pieces for individuals who do not wear
hearing aids are commonly miniature single or double “ear buds”, lightweight single
or double muff headsets, or a stethoscope. The ear pieces plug into under-the-chin or
pocket style receivers. Individuals will have a preference to the type of ear piece
based on performance, comfort, hygiene, the need to hear room sound not carried by
the ALS channel, and whether a hearing aid is worn. Table 3-5 summarizes factors

when evaluating the different ear piece styles.

TABLE 3-5. ALS Ear Piece Selection Factors

Type Ear Position | Performance { Hearing Aid Use | Comfort | Hygiene Cost
InductionLoop | On shoulders Excellent Excellent (requires High High High
Coil tele-coil in hearing

aid)
Induction Coil | Atentranceto | Excellent Exceilent {requires Moderate | Poor High
Ear Canal one ear canal tele-coil in hearing
Earphone aid)
Ear Speaker Over one ear Excellent - Good {can be used High Good Medium
for tele-coil and non-
tele-coil hearing aids}
Single Ear At entrance to | Good Fair (requires hearing | Moderate | Poor Low
Bud one ear canal aid to be removed)
Double Ear At entrance to | Good Fair {requires hearing | Moderate | Poor Low
Bud both ear aid to be removed}
canals
" Single Muff Qver one ear Excellent Good (can be used High Good Medium
Headset for tele-coil and non-
tele-coil hearing aids}
Double Muff Over both Excellent Good {can be used High Good Medium
Headset ears for tele-coit and non-
tele-coil hearing aids)
Stethoscope At entrance to | Excellent Fair (requires hearing | Moderate | Poor Medium
both ear aid to be removed)
canals
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}

The facility should have a variety of different receivers and ear piece styles to
accommodate user preferences. A suggested compliment would comprise: (1) 70
percent pocket style and 30 percent under-the-chin receivers; (2) 25 percent
headphones; (2) 20 percent single ear bud earpieces; (3) 20 percent double ear bud
earpieces; (4) 10 percent ear speakers; (5) 15 percent siethoscope earpieces; and (6)
10 percent neck loop coils.

3.11 Technical Production Interecom Systems

Technical production intercom systems are used to provide behind-the-scenes voice
communication including production equipment cuing, talent cue call, and program
monitoring. Application of these systems is primarily limited to arenas, auditoria,
exhibition halls, stadia, theaters and other facilities where it is necessary to
coordinate the activities of production personnel, such as event directors, stage
managers, and lighting, rigging, and sound technicians. Equipment comprises a pick-
up microphone located above the stage, a master control station, remote microphone
and loudspeaker stations, and associated system interface equipment. Hard-wired and
wireless systems are available and both are often used in the same facility.

3.11.1 Production Cuing Equipment

Production cuing ecquipment permits the event director or stage manager to
communicate with technical personnel so they can follow the production from
remote locations. Typical applications might include cuing of lights, music and
special effects generation, scenery changes, and panning of television/video cameras
during drama, music, sporting, and similar events.

The cuing is initiated from a main station located in a side stage area or in a separate
production control room. The production technicians wear a single or double muff
headset with a microphone connected to a belt pack which piugs into a wall station
jack. Locations for wall stations include lighting and sound consoles, followspot
positions, lighting booths, catwalks, orchestra pit, rigging positions, gridiron, and
scenery construction rooms.

3.11.2 Talent Cue Call Equipment

Talent cue call equipment permits the event director or stage manager to notify talent
(actors, emcee, musicians, presenter, et cetera) of upcoming events which require
their presence. Typical applications might include notifying talent at the start of a
show or new act, end of intermission, directions to assemble in a designated area, or
to make a stage appearance.

Cue calls to the talent are initiated from the main station and the announcements are
heard through small wall-mounted loudspeaker enclosures. Typical locations for the
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loudspeakers include all dressing and changing rooms, talent toilet rooms, green
room and lounges, stage entrances, and talent assembly/staging areas. A push-to-talk
microphone on the loudspeaker enclosure permits communication with the main
station. The cue call overrides the program monitoring signal from the stage, even 1f
the loudspeaker monitoring function volume is lowered, ensuring that the talent hears
the cue call.

3.11.3 Program Monitoring Equipment

Program monitoring equipment permits the facility administrative staff, talent,
technical personnel, and late-arriving audience members to hear the program. A
hypercardioid microphone is hung above the stage to pick-up the program event and
route the signal to the main station. The signal is amplified and routed to wall- or
ceiling-mounted loudspeakers, separately zoned for production (talent and technical
personnel) and non-production personnel (facility administration staff and audience).
The same loudspeakers used for the talent cuing function provide program
monitoring for the talent and technical personnel. Wall- or ceiling-mounted
loudspeakers located in the administrative offices, lobby, public lounges, public toilet
rooms, coat check room, and ticket booth provide program monitoring for facility
non-production personnel and audience members.

3.11.4 Equipment Description

One key design element for technical production intercom systems is to isolate the
various subsystems so that only intended personnel communicate with one another or
receive their program messages. The subsystems need to be designed so technical
production cues are not routed to the talent, intercommunication between technical
production personnel are not routed to the monitor system, talent call cues are not
routed to technical production personnel, and the like.

The two basic types of technical production intercom systems include point-to-point
and conference line systems. Point-to-point systems, sometimes called: matrix
systems, permit addressing only a designated station or area. Thus, the point-to-point
system is a private call system. The audio signal is typically a simplex line (talk, then
listen). Conference line systems, sometimes called distributed amplifier systems,
permit all parties connected to the system to hear the call and there is no private
communication. The audio signal is typically a duplex line (simultaneous talking and
listening). Some technical production intercom systems combine both simplex and
duplex communication features.

Distributed amplifier systems are the most common technical production intercom
system used. These systems have main and remote stations with dedicated
microphone preamplifiers and power amplifiers for headsets or loudspeakers. The
stations are connected together using balanced microphone cable. The audio program
is carried on one signal cable, a second signal cable carries DC power, and the third
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cable is the system ground connection. Stations bridge the audio line at a high
impedance, similar to a 70.7 V amplifier system, and the audio level remains constant
as the number of stations across the line changes. The power to the stations is
delivered from the main station or a separate power supply.

Technical production intercom systems are available in one-, two-, four-, six-, eight-,
and 12-channel configurations. The majority of musical and theatrical productions
can be served by a two-channel system. With this configuration, one channel 1s used
for technical personnel production cuing and the other channel is used both for talent
cue call and program monitoring. Systems permit simplex, or more commonly,
duplex communication. Production intercom equipment can be subdivided into main
stations, master stations, remote stations, telephone systems, and wireless systems.

3.11.4.1 Main Stations

Main stations include a power supply, microphone or line level inputs with
preamplifiers, program monitor control functions with an integral loudspeaker, and
announce paging functions. The power supply provides 12 VDC to the remote
loudspeaker and belt pack interconnection stations via standard microphone cable.
The program monitoring signal can be mixed with the intercom paging functions and
the volume level adjusted at the remote loudspeaker stations. Main stations with
program inputs can be configured to permit the talent to monitor the program audio
on the intercom channel and permit the stage manager to interrupt the program
monitor feed to cue the talent. Figure 3-66 shows a main station.

FIGURE 3-66. Two-channel production intercom main station (Clear-Com®
MS-232). Product courtesy of Clear-Com®,

3.11.4.2 Master Stations

Master stations are similar to main stations but have multtple channels, typically six-,
eight-, and 12-channels acting as a control center. These devices do not provide DC
power to remote loudspeaker or belt pack interconnection stations, requiring separate
DC power supplies at these locations.

3.11.4.3 Remote Stations

Remote stations are available in belt pack, rack-mount, and wall-mounted
configurations. They can be located anywhere in the facility and do not require a
dedicated source of 120 VAC electrical power. Power is provided from the main
station or a separate DC power supply. Figure 3-67 shows different types of remote
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stations. The two most common remote stations include combination ear muff and
microphone belt pack wall stations and monitor loudspeakers with a push-to-talk
microphone. Figure 3-68 shows different types of production intercom
communication devices to be used with remote stations.

FIGURE 3-67. Production intercom remote stations: two-channel speaker
station intended for talent cuing (Clear-Com® KB-111A left), two-channel
headset station intended for technical and administrative personne! (Clear-
Com® MR-102 center), and single-channel headset station (requires use of a
belt pack) intended for technical and administrative personnet {Clear-Com®
WP-2 right}. Products courtesy of Clear-Com®.

FIGURE 3-68. Production infercom communication devices: telephone-style
handset (Clear-Com® HS-6 left), single-channel belt pack (Clear-Com® RS-
501 center), and single muff headset with microphone {Clear-Com® CC-85
right). Products courtesy of Clear-Com®.

3.11.4.4 Telephone Systems

A variant of the dedicated technical production intercom system is to provide select
communication between administrative offices, production control rooms, house
manager, stage, stage manager, and ticket office through a modification of the
building telephone system. This may provide a reasonable compromise in some
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situations, such as an existing facility where it may be difficult to run conduit to
distant locations and install wall-mounted stations.

3.11.4.5 Wireless Systems

Wireless production intercom systems are similar in function to the hard-wired
intercom systems described above, but usually comprise a base station with send and
receive antennae and wireless belt packs which permit connection of a headset and
microphone. Often wireless systems are used in conjunction with hard-wired
production intercom systems when extra operator stations are required or when
installation of conduit and wall-mounted stations is not feasible.

3.12 Ghapter Summary

This chapter has introduced the reader to the basic sound system components which
are broadly classified as transducers and electronics. Complete sound systems can be
assembled from different components to create a system which fulfills the needs of
the user.

Transducers, comprising microphones and loudspeakers, convert acoustical signals
into electrical signals and vise versa. Electronic components modify the audio signal
through mixing and combining, dynamic range adjustment, frequency equalization,
signal delay, splitting and routing, and amplification. Newer signal processing
technologies implement signal medifications through DSP or computer control.
Specialized subsystems, such as assistive listening and production intercom, make
use of both transducers and electronics.

Loudspeakers are the most critical element in the sound system. There are many
different loudspeaker types which have been optimized for different electro-
acoustical performance criteria and room acoustical environments. Selection of
loudspeakers should be considered first since they will have the greatest impact on
sound system performance, required electronics, and installation.

The next chapter will outline the design process for sound systems to include
determining functional requirements, calculation methods to predict performance,
correct equipment installation practices, and various system configurations to avoid.
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3.13 Technical Notes

3.A Three Dimensional Microphone Polar Patterns

Microphone polar patterns are symmetrical about the polar coordinate system used to
represent their pick-up characteristics. The wire-frame models below provide a
realistic representation of the microphone sensitivity relative to the frontally oriented
diaphragm which is pointed towards the upper right in the photographs.

FIGURE 3-A. Three dimensional representation of
selected microphone polar patterns (from top to
bottom): omnidirectional pattern; cardioid pattern;
super cardiold pattern; bi-directional figure-of-eight
pattern; and shotgun pattern. Photo courtesty of
Sennheiser Electronic Corporation.
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3.B Characteristics of Omnidirectional and First-Order Cardioid Microphones

Table 3-B summarizes the major electro-acoustical properties of omnidirectional and
first-order cardioid microphones. The relative size of the polar response pattern is
shown in the first row for each microphone type. A larger polar response pattern will
result in greater angular sound pick-up. The coverage (pick-up) angle at the -3 dB
down points is given in the second row. As microphone directionality increases the
pick-up angle decreases. The third row lists the incident angle (null angle) relative to
on-axis incidence which results in zero voltage output by the microphone. As
microphone directionality increases the null angle tends to approach the
perpendicular orientation to the diaphragm. The microphone ambient sound
sensitivity, sometimes called the random energy efficiency (REE) is listed in the
fourth row. It is a measure of the ratio of desired (on-axis)-to-random (off-axis)
signals picked-up by the microphone. Lower REE values indicate greater rejection of
random off-axis sound and greater emphasis to frontally-arriving on-axis sound. The
distance factor in row five indicates the physical distance, relative to an
omnidirectional microphone, at which a directional microphone can be placed to
maintain the same REE value and have the same ratio of desired-to-undesired sound
pick-up. The distance factor increases as microphone directionality increases.

OMNI- SUPER- HYPER- Bt
CHARACTERISTIC | 5 oporionaL| CARDIOID | capbioi | CARDIOID | DIRECTIONAL
POLAR RESPONSE
PATTERN
COVERAGE . . . 5 )
OVERAC 360 131 115 105 90
ANGLE OF MAXIMUM
REJECTION - 180° 126° 110° 90°
(NULL ANGLE)
AMBIENT SOUND
SENSITIVITY 100% 33% 27% 25% 33%
(RELATIVE TO OMNI)
DISTANCE FACTOR
(RELATIVE TO OMNI) 1 17 1.9 2 17

FIGURE 3-B. Summary of omnidirectional and first-order cardioid microphone
properties. Data after Shure Brothers, Inc.

3.C Balanced Versus Unbalanced Interconnection

Balanced interconnection is necessary to minimize noise pick-up in sound system
cables. It is not uncommon for microphone cables to exceed 500 ft. With such a
distance, the low signal levels carried in the cables are susceptible to various forms of
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noise. Cables will act as antennae, with the antenna effect becomng more
pronounced for longer cables, increasing the possibility of unwanted noise pick-up.

The balanced signal carried on the two conductors has the same amplitude but
opposite polarity. Noise picked-up by the balanced cable is identical in the two
conductors. A balanced input on an audio component will amplify the difference
between the two signals (the opposite polarity audio signals) and reject signals
(noise) which are identical on each conductor. These inputs are referred to as
differential inputs.

In contrast, an unbalanced interconnection will reproduce any signal or noise
imposed on the conductor. Noise will pass through the unbalanced audio component
inputs and will be amplified along with the audio signal.

Figures 3-C and 3-D illustrate balanced and unbalanced cables along with common
cable interconnections.

FPOSITIVE )

: kme — AV

+ BALANCED  DIFFERENCE $IGNAL
CABLE DIFFERENTIAL INSIDE AUDIO DEVICE
AP0 INPUT

BALANCED

NEGATIVE(-)
CONDUC

ROUND (SHIELD
CONDUCTOR,

CONNECTOR

BALANCED

SIGNAL CONDUCTOR
NOlS) GROWND (SHIELD)
oo SLEBVE (SHIELD) o o
T OSITIVES )
_&v CONDUCTOR
i {0 -
UNBALANCED  RESULTANT SIGAL
CABLE AUDHO INFUT  [NSIDE AUDIO DEVICE B8
GROUND(SHIELE
CONDUCTOR
CONNECTOR ) CABLE
UNBAL ANCED —UNBAL ANCED
POBITIVE(s)
CoNBUCTOR [ GROUND (BHIELD)
CONDUCTOR

NEGATIVE(-)
TOR COMpUETOR
POSITIVE(Y)

CONDUCTOR

CABLE

FIGURE 3-C. Operational principles of unbalanced
{top) and balanced (bottom) cables.

3.D Comb Filtering

FIGURE 3-D. Convention for unbalanced (top) and

balanced (bottom) connectors.

Two identical signals with a defined time offset can combine together resulting in
frequency-selective addition and cancellation (Law of Superposition) which alters
the frequency response of the original signal. A frequency, and whole number
multiples of that frequency, which are time delayed by one-half the period will cancel
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partially or completely because the signals have opposite polarity. The cancellation
null depth will depend on the relative magnitude of the two signals. If the signals are
of equal magnitude an infinitely deep null results.

When viewed on a linear magnitude versus frequency scale, the peaks and nulls
appear at regular Imtervals, which resembles a “comb.” When plotted on a
logarithmic frequency scale, the peaks and nulls appear closer together at higher
frequencies.

Figure 3-E shows how a single reflection can cause a comb filter response on the
output of a loudpeaker. Increasing the time offset between the two signals will
increase the number of construction and destructive interactions which decreases the
spacing between the individual comb filters and results in a more dense comb filter
response. Decreasing the time offset will reduce the number of individual comb
filters and results in a less dense comb filter response.
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The audibility of comb filters depends upon the critical bandwidth response of the
ear. The ear’s critical bandwidth is approximately one-third octave wide. The comb
filter audibility decreases when the critical bandwidth is greater than the comb filter
bandwidth. The ear’s critical bandwidth response then does not have sufficient
resolution to perceive the comb filter frequency. Increased comb filter audibility
occurs when the critical bandwidth is equal to or less than the comb filter bandwidth.
In general, a smaller time offset between the two signals will result in more audible
comb filters.

The frequency at which comb filters occur can be calculated based upon the time
offset between the two signals. The frequency spacing (f) between comb filter peaks
and nulls can be calculated using the following equation:

f = 1 (3.A)
T

where,

f is the frequency spacing between comb filters, Hz

T is the time offset between the two signals, ms

The frequency at which the first null will occur is at T/2. Table 3-A summarizes
comb filter peaks and nulls.

TABLE 3-A. Comb Filter Peaks and Nulls

Time Delay, ms Spacing Between Nulls, Hz | Spacing Between Peaks, Hz
0.1 5,000 10,000
0.5 1,000 2,000
1.0 500 1.000
5.0 100 200
10.0 50 100
50.0 10 20

Comb filtering can be caused by the interaction of electrical or acoustical signals. An
example of electrical signal interaction is feeding back a portion of the signal and
combining it with the original. Special effects devices called “flangers” are used to
create this artistic effect and are commonly used in popular music. Direct and
reflected sound arriving at a microphone can result in acoustic comb filtening.
Boundary layer microphones have been developed to reduce this problem.
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3.E Automatic Microphone Mixing Circuits

Various types of circuits are used in automatic mixers to activate microphones and
adjust gain levels among active microphones. Some of these circuit types are
described below.

Adaptive Threshold automatic mixers adjust the threshold level based on the
ambient noise level in the room. The microphone gain is lowered when a microphone
does not sense a signal above the reference threshold. Several schemes have been
developed to achieve this including: (1) ambience sensing; (2) high-to-low adaptive
threshold scanning; and (3) low-to-high adaptive threshold scanning.

Ambience Sensing automatic mixers use a microphone to sense the
level of ambient noise is the space. The threshold level is automatically
adjusted to account for the ambient noise level so microphones
appropriately trigger on when the voice level exceeds the threshold.

High-to-Low Adaptive Threshold Scanning automatic mixers scan
the ambient noise level over an 80 dB range over a 10 ms period. The
signal levels of all channels are compared to a reference level and the
highest channel level is automatically gated on for approximately 200
ms.

Low-to-High Adaptive Threshold Scanning automatic mixers use a
low mitial gate threshold which is increased by the input level average.
The release time, the time it takes for a gated input to turn off, is gated
and adjustable.

Direction Sensing automatic mixers work in conjunction with special direction
sensing microphones. The microphone uses a dual element cardioid capsule which
can pick-up sound within a 120° arc relative to the front of the microphone. The
sound picked-up within the 120° arc must be at least 9.65 dB higher in level than at
the rear of the microphone in order for the microphone to be gated on.

Fixed Threshold automatic mixers are the simplest type and use an adjustable
threshold circuit. When the sound level exceeds the set threshold value, the
microphone input channel is gated on. Advantages include simplicity of set-up,
however for most applications the disadvantages can predominate. Some problems
include false triggering of microphones due to audience coughing and other room
noises when the threshold is set too low, or cutting out talkers having a weak voice,
since their voice level will be below the triggering threshold. The latter condition
becomes more prevalent with a greater number of active microphones and the mixer
gain is lowered to compensate for the additional open microphones.

Gain Sharing automatic mixers continuously adjust the mixer gain between the
different input channels. No threshold or gating circuits are used to trigger
microphone signals. The signal level at each microphone output is used by the mixer
to determine the gain distribution between channels. A microphone which has a
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weaker signal level than the average of the other microphones receives greater gain
than the other channels. Internal to this circuit is a reference level established by the
sum of all the microphone channel levels.

3.F Frequency Equalization Curves for Different Program Types

Target frequency response curves (“house curves”) have been developed for different
sound systems. These curve exhibit different roll-off characteristics for low- and
high-frequency sound and wider or narrower flat bandwidth characteristics for mid-
range sound. The frequency equalization objective is to roll-off the signal where
there is little useful acoustical energy. The particulars of the sound system
toudspeakers and space acoustical properties will determine the variation from the
target frequency equalization response curves, both for the roll-off points and the
mid-range flatness. A variation of +2 dB is desired within the overall frequency
response envelope, but may be difficult to achieve for frequencies below 500 Hz.

* Figure 3-F shows suggested frequency equalization response curves for different
sound systems.

CONTROL ROOM SYSTEM

Control Room System
31.5-63 Hz: 3 dB/octave

v 63 - 6,300 Hz: flat

N 6,300 - 20,000 Hz: 3 dB/octave

b & A A o w»

Leovel, d

-12

-14

32 63 125 25¢ 500 1,000 2,000 4,000 BOO0 16000
Freguency, He

MOTION PICTURE SYSTEM

Motion Picture System

¢ 31.5 - 63 Hz: 3 dB/octave
llrg \\ 63 - 2,000 Hz: flat
-4

2,000 - 10,000 Hz: 3 dB/octave
10,000 - 20,000 Hz: 6 dB/octave

Level d

3z 63 426 250 500 1000 2000 4000 B00C 6000
Frequency, Hz
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TURIC RETORCENENT SYSTEM Music Reinforcement System
: / 31.5 - 50 Hz: 12 dB/octave
) / ‘i; 50 - 8,000 Hz: flat
. / 8,000 - 20,000 Hz: 3 dB/octave

Level, d

2 &3 125 250 500 1000 2000 4000 8,000 16,000
Fraquancy, Hz

VOICE REINFORCEMENT SYSTEM

Voice Reinforcement System

31.5 - 100 Hz: 3 dB/octave

N 100 - 2,000 Hz: flat

4 2,000 - 10,000 Hz: 3 dB/octave
] 10,000 - 20,000 Hz: 6 dB/octave

-10 ' \

\

z

32 83 125 250 500 1,000 2000 4,000 8,000 16000
Fraguoncy, Hz

Lavel, d

FIGURE 3-F. General sound system frequency equalization curves for different program types.

3.H Psycho-Acoustic Basis of Signal Delay

Theory and application of signal delay lines are based on several psycho-acoustic
factors relating to the perception of multiple sound sources (loudspeakers or sound
reflections) as described below.

1. The hearing mechanism can perceptually combine a primary sound
and several secondary sounds arriving within approximately 30 ms to
subjectively perceive a single sound of greater loudness.

2. A secondary sound can be perceived as loud as the primary sound, but
its level may have to be raised as much as 10 dB relative to the primary
sound. '

3. Secondary sounds arriving within approximately 30 ms after the
primary sound improve speech intelligibility and increase perceived
loudness; later sounds impair speech intelligibility.
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4. The primary sound can be localized by the Haas/precedence effect.
Secondary sounds can distort the perceived localization when they are
substantially greater in level or delayed longer than the primary sound.

5. Secondary sounds become more disturbing with increased time delay.
The audibility of delayed sound depends on the program type, with
speech being more sensitive than music, which can tolerate higher
levels and longer delay times. Impulses, such as hand claps, are the
most subjectively sensitive, but have little relevance to the quality of
speech or music programs.

6. Speech intelligibility can be enhanced or degraded depending upon the
level of secondary sounds arriving 30 ms after the primary sound. The
hearing mechanism will partially combine the later arriving sounds
depending upon their level. However, the later arriving sounds enhance
perceived spaciousness and envelopment which is beneficial for music
perception.

3.1 Elementary DSP

A DSP chip is a signal processing device which contains hardware, software, and
instruction sets optimized for high-speed computing of digital signals in real time.
The DSP can replace conventional analog devices such as transistors, resistors,
capacitors, inductors, and hard-wired circuit boards.

The basic hardware elements of a DSP system include: (1) analog input; (2) DSP
chip; (3) analog output; and (4) optional host interface. The analog input bandwidth
limits the incoming analog signal with an anti-aliasing filter with output to an A/D
converter. The analog signal is converted to the digital format by the A/D converter.
The output of the A/D converter routes the digital signal to the DSP chip where the
actual signal processing takes place. The DSP chip must perform all processing on
the signal before the next packet of signal information arrives. Immense computer
processing power is required to achieve this real time data manipulation. The DSP
output is routed to a D/A converter which reconverts the digital signal back to an
analog signal. The output from the D/A converter is routed to a reconstruction filter
which removes any undesired signal artifacts. An optional computer host interface
can be used to control aspects of the signal processing function.

The primary advantage with DSP is the tremendous degree of flexibility in signal
processing options. A virtual signal processing device is constructed which contains
embedded filter coefficients and algorithms stored in memory. To create new virtual
signal processing devices, the designer loads in a new set of filter coefficients or
algorithms. Changing audio devices is a matter of sofiware modifications, not
hardware modifications.

One downside with DSP processing is the finite precision of the A/D and D/A
converters used in the hardware. Because of inherent limitations in sampling and
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other digital processing functions, rounding errors can result causing some audible
degradation and noise. Newer generations of DSP hardware will certainly improve
upon these current performance limitations.

3.) Amplifier Classes

Amplifier output stages have different circuit designs which provide varying
efficiency and distortion characteristics. Some of these circuit classes are described
below.

Class A amplifiers have output transistors which always conduct current even when
the signal waveform level is zero. The amplifier is characterized by extremely low
distortion, low efficiency and power output, and large amounts of heat generation.

Class B amplifiers were developed to provide greater efficiency than class A
amplifiers. The output transistors are operated in pairs and each transistor conducts
current only for one-half the signal waveform. One transistor handles the positive
going waveform and a complementary transistor handles the negative going
waveform. Efficiency is improved, however crossover distortion is generated when
low-level signal waveforms cross over from positive to negative and vice versa. The
amplifier is characterized by moderately low distortion, improved efficiency, greater
power output, and less heat generation than the class A amplifier.

Class AB amplifiers improve upon the class B design by having both transistors
conduct current at low signal levels, similar to a class A amplifier. At higher signal
levels the transistors alternately conduct current, similar to a class B amplifier. The
amplifier is characterized by low distortion, reduced efficiency, lower power output,
and greater heat generation than the class B amplifier. The majority of power
amplifiers used in sound systems operate in class AB mode.

Class C amplifiers have increased efficiency but generate considerably higher
distortion since the transistors conduct current only over a portion of the signal
waveform. This amplifier class is normally used only for RF transmission where very
high non-audio frequencies are amplified.

Class D amplifiers vary the width of a series of constant amplitude pulses by the
signal waveform. The pulses are routed to a low-pass filter which reconstructs the
pulsed audio signal to resemble its input, only at a higher amplitude. The
amplification process is called pulse width modulation. The amplifier is
characterized by low distortion, very high efficiency, high power output, and minimal
heat generation than the class AB amplifier.

Class G amplifiers are similar in concept to class B amplifiers. They are more
efficient and use two power supply voltages connected to the output transistors which
are alternately switched on based on the signal waveform level. At low signal levels
the power supply voltage is low and increases with signal level resulting in greater
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power output. The amplifier is characterized by low distortion, higher efficiency,
greater power output, and less heat generation than the class B amplifier.

Class H amplifiers are very similar to class G amplifiers but the output transistor
power supply voltage is modulated and operates above the signal waveform level,
resulting in better efficiency, greater power output, and less heat generation than the
class G amplifier.

3.K Is it a Driver or a Loudspeaker?

The terms “driver” and “loudspeaker” are often used interchangeably, but each has a
unique meaning.

A driver is a specific loudspeaker element, such as a full-range unit, woofer, mid-
range unit, tweeter, or compression-type unit. Drivers can reproduce broad or
restricted frequency ranges. A loudspeaker can comprise individual or multiple
drivers which may or may not be mounted in a common enclosure. Loudspeakers
normally reproduce a wide frequency range.

A woofer in a separate ported low-frequency enclosure combined with a horn-loaded
compression driver can reproduce a wide frequency range but the drivers are
separate. Together they are referred to as a loudspeaker system. The same woofer and
horn/compression driver can be installed in a common cabinet, with or without an
internal crossover, and is normally referred to as a loudspeaker.

3.L Development of the Dynamic Cone Driver

The basis for the design of the dynamic cone driver was by the German engineer
E.W. Siemens in 1874. His device was not an actual driver, but rather an electro-
mechanical relay. In 1889 the Englishman Sir Oliver Lodge refined Siemens’ relay
into the first moving coil driver. Lodge referred to his invention as a “bellowing
telephone” claiming his device could “fill the room with sound” and would replace
the dynamic telephone handset. The dynamic cone driver did not catch on since there
was no public demand for a “loudspeaking telephonc”. Nearly 25 years later this
changed with the introduction of radio broadcasting.

In 1925 the General Electric Company engineers Rice and Kellogg published a
seminal paper (“Notes on the Development of a New Type of Hornless Loud
Speaker”) outlining the dynamic cone driver engineering mechanisms. Their paper
described a lightweight conical diaphragm driven by a wire coil located in a2 magnetic
field; the mass-controlied nature of the system; the size of the diaphragm being small
in comparison to the reproduced wavelength; and the need for an enclosure to
prevent cancellation due to the radiation from the rear of the cone at low-frequencies.
The first commercial product using their ideas was the “Radiola”™ Model 104
loudspeaker with an integral 1 W power amplifier introduced in 1926.
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While improved and modified from the basic system concepts, the dynamic cone
driver remains essentially the same as its original format. This humble little device
revolutionized the communications industry and is found in business, educational,
entertainment, and military applications.

3.M Port Enclosure Tuning

An analogy can be made between the “tuning” of a bottle and a ported loudspeaker
enclosure. Blowing across the lip of a bottle will produce a characteristic frequency,
the fundamental resonant frequency, based on the volume of air contained in the
bottle. This frequency can be raised by decreasing the air volume by adding liquid to
the bottle. The ratio of the air volume in the neck of the bottle (loudspeaker port) and
the air volume in the bottle (loudspeaker enclosure) can be manipulated to tune the
system resonant frequency. The tuned loudspeaker port works only over a narrow
frequency band centered at the system resonant frequency just as in the bottle
example.

3.N Thiele-Small Parameters

In early 1970s Richard Small published a series of papers in the Journal of the Audio
Engineering Society describing a more accurate method of predicting the low-
frequency performance of drivers in sealed and ported enclosures. His work
expanded on earlier research by AN. Thicle of Australia in the 1960s. The
parameters are derived from measurements of the loudspeaker impedance
characteristics, both for free-air and enclosed volume conditions.

The small signal driver parameters Thiele and Small developed permit the frequency
response of the combined driver and enclosure to be calculated from the variables
listed below.

f free air resonant frequency, Hz

Qq total Q (sum of mechanical Q and electrical Q), dimensionless

Vas  equivalent air volume which provides a restoring force equal to the

driver compliance, liters

n half-space acoustic efficiency, dimensioniess

The large signal driver parameters Thiele and Small developed permit the maximum
power output of the combined driver and enclosure to be calculated from the
variables listed below.

Ppmax thermally limited maximum power input, watts

Sq¢  effective cone area, m?

Rg DC resistance of voice coil, ohms
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Vp peak displacement volume of the cone, cm’

Xnax Deak linear displacement of the cone, mm

3.0 Common Equations Evaluating Compression Driver Performance

The theoretical efficiency (1) of a compression driver is based on the radiation
resistance (Rg,) and the voice coil resistance (Rg). The value of Rgr can be
calculated using the following equation:

2
Rgr = ST_(B.!?_ (3.B}
PoCSp
where,
Rir 1s as above
St is the phasing plug slit area, m?
B{ is the product of the magnetic flux density, tesla and voice coil length, m
PoC is the acoustical impedance in air, 415 Nes/m
S» is the diaphragm area, m?
The value ofn,; can be calculated using the following equation:
2R:R
Nr = —EE_I_Z (3.0)
(Rg + Rgr)
where,

N, Rg, andRg, are as above

Multiplying the value in equation 3.C by 100 will giverny in percent.

The mass break-point frequency (fy) can be calculated using the following

equation:
B()
fum = _(BY” 3.D
HM AR Mo {(3.D)
where,

fum is the mass break-point frequency, Hz
B? andRg are as above

T is a constant.
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Mys  is equivalent moving mass of the diaphragm, kg

The second harmonic distortion (%HD,) can be calculated using the following

equation:
%HD, = 1.73@ o x 107 (3.E)
where,

%HD, is the second harmonic distortion, percent

f is the driving frequency, Hz

f, is the homn cutoff frequency, Hz

Iy 15 the sound intensity level at the phasing plug/diaphragm, W/m?

3.P Horn Directional Patterns

The directivity pattern of horns will depend upon the physical size and the type of
horn. The three-dimensional polar diagrams illustrate the change in directivity
patterns for different horns at the frequencies of 500, 2,000, and 8,000 Hz (top to
bottom) in the figures. All horns have a nominal coverage angle of 60° horizontal by
40° vertical (unless otherwise noted) in order to remove the coverage angle as a
variable in the directivity pattern comparison. Figures 3-G.1 through 3-G.4 compare
the unamplified voice to different size CD hormns to illustrate how directional control
changes with size.

Figure 3-G.1 Unampilified male voice

Figure 3-G.2 JBL 2385-46 small format CD horm
Figure 3-G.3 JBL 2353-47 medium format CD homn
Figure 3-G.4 JBL 2393-90 large format CD horn

For each frequency, note how the size and shape of the directivity pattern decreases
as the horn size increases (viewed left to right, across all pages), indicating greater
sound radiation control. Note in all cases, the wider three dimensional polar pattern at
500 Hz, below which directional control for some homs is difficult to maintain.

Figures 3-G.5 through 3-G.8 compare different horn types and sizes to illustrate
changes in directional control.

Figure 3-G.5 Renkus-Heinz CDT-350/6 large format CD homn

Figure 3-G.6 Renkus-Heinz CDT-500/64 medium format Complex
Conic™ horn
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