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1. SCOPE, PURPOSE, AND APPLICATION
1.1. Scope
1.1.1.

This Standard defines parameters for characterizing a sound system’s coverage of defined listener
areas. It provides performance classifications and measurement procedures to assess the
uniformity of coverage of a sound system’s early arriving sound, with the goal of achieving
consistent sound pressure levels throughout defined listener areas.

1.1.2.

The procedure associated with this Standard is one of many verifications of the deployment and
performance of a sound system. This Standard specifically excludes testing or measuring for
spectral balance, gain before feedback, maximum sound pressure level, and other parameters
required to assess the total performance of a sound system.

1.2. Purpose
1.2.1.

The purpose of this performance Standard is to establish a method by which an audio system’s
coverage can be assessed and classified. This is accomplished by measuring the uniformity of
coverage of the early arriving sound from the loudspeaker system(s) throughout the designated
listener area(s).

1.3. Application
1.3.1.

The procedures described in this Standard are to be applied to sound reinforcement and
audiovisual (AV) presentation systems. These systems are implemented in a variety of
applications, including conference rooms, training rooms, classrooms, auditoria, theatres, houses
of worship, and other venues where sound reinforcement is employed. Additionally, the metrics
and classifications in this Standard may be used to establish design criteria for new systems.

1.4. Exceptions
1.4.1.

This Standard may be used in conjunction with, but does not supersede, regulatory authority
requirements.

1.4.2.

This Standard is not intended for use in the following applications:
1.4.2.1. Cinema (refer to SMPTE: Society of Motion Picture and Television Engineers)
1.4.2.2. Home theater (refer to CEDIA: Custom Electronic Design & Installation Association)
1.4.2.3. Sound masking/speech privacy

© InfoComm International® 2017
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2. REFERENCED PUBLICATIONS
2.1. Normative References
2.1.1.

There are no normative references for this Standard. Although there are no normative references
for this Standard, Annex 5.2 is a normative annex and is considered a requirement of the Standard.

2.2. Informative References
2.2.1.

The following publications contain information that supports the design and application of this
Standard, but are not required provisions of the Standard. Use the latest edition unless otherwise
specified.
Acoustical Society of America (ASA). ANSI/ASA S1.1-2013, Acoustical Terminology. Melville, NY:
Acoustical Society of America (ASA).
———. ANSI/ASA S12.2-2008, Criteria for Evaluating Room Noise. Melville, NY: Acoustical
Society of America (ASA).
———. ANSI/ASA S1.13-2005, ANSI Measurement of Sound Pressure Levels in Air. Melville, NY:
Acoustical Society of America (ASA).
———. ANSI/ASA S1.11-2004, Electroacoustics - Octave-band and Fractional-octave-band Filters
- Part 1: Specifications. Melville, NY: Acoustical Society of America (ASA).
Audio Engineering Society, Inc. AES56-2008 (R2014) AES Standard on Acoustics-Sound Source
Modeling – Loudspeaker Polar Radiation Measurements. New York, New York: Audio
Engineering Society, Inc.
———. AES-R2-2004, Project Report for Articles on Professional Audio and for Equipment
Specifications — Notations for Expressing Levels. New York, New York: Audio Engineering
Society, Inc.
Haas, Helmut (1972). “The Influence of Single Echo on Audibility of Speech”. Audio Engineering
Society JAES Volume 20 Issue 2. 146-159. March 1972.
International Electrotechnical Commission. 2013. IEC 61672-1:2013 Electroacoustics – Sound level
meters – Part 1: Specifications. Geneva: International Electrotechnical Commission.
———. 2013. IEC 61672-2:2013 Electroacoustics – Sound level meters – Part 2: Pattern Evaluation
Tests. Geneva: International Electrotechnical Commission.
InfoComm International. ANSI/INFOCOMM 10:2013 Audiovisual Systems Performance
Verification, Section 9.1. Fairfax: InfoComm International, 2013.
International Organization for Standardization. ISO 266:1997, Acoustics -- Preferred Frequencies.
Geneva: ISO.
Sinclair, Rex. “The Design of Distributed Sound Systems from Uniformity of Coverage and Other
Sound-Field Considerations.” 70th AES Convention, NYC, Oct. 30-Nov. 2, 1981, revised
July 27, 1982.
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3. DEFINITIONS
As used in this document, “shall” and “must” denote mandatory provisions of the Standard. “Should”
denotes a provision that is recommended, but not mandatory.

3.1. Acronyms
For the purposes of this Standard, the following acronyms apply:
3.1.1.

ACU: Audio Coverage Uniformity

3.1.2.

ACUML: Audio Coverage Uniformity Measurement Location

3.1.3.

ANL: Ambient Noise Level

3.1.4.

SPL: Sound Pressure Level

3.2. Definitions
For the purposes of this Standard, the following definitions apply:
3.2.1.

Apparent Origin: The physical point in space from which measurement locations for listening
areas of point-source systems are determined

3.2.2.

Audio Coverage Uniformity Measurement Locations (ACUML): The test points within a venue
that have been determined to carry out the measurements for the Audio Coverage Uniformity test.

3.2.3.

Coverage Envelope: The absolute value of the difference between the highest and lowest
measurement readings in a given octave band.

3.2.4.

Early Arriving Energy: Energy, both direct and reflected, which arrives at a measurement location
within 50 milliseconds of the direct sound’s arrival.

3.2.5.

Listening Plane: The distance above the floor to the average audience member’s ears across a
listening area.

3.2.6.

Listener Area: A contiguous audience space intended to be covered by a sound reinforcement
loudspeaker system.

3.2.7.

Loudspeaker Sub-system: A portion of a larger loudspeaker system, such as front fills or underbalcony loudspeakers, designed to provide coverage to a seating area that is supplemental to the
coverage of the primary loudspeakers.

3.2.8.

Loudspeaker System: An implementation of loudspeaker(s) designed to provide coverage to a
specific area. The system may be single or multi-channel in nature.

© InfoComm International® 2017
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3.2.9.

Multi-channel Loudspeaker System: A loudspeaker system designed so that multiple
loudspeaker locations provide coverage to the same listening areas. An example would be a
Left/Center/Right system where each feed is discretely provided to each listener.

3.2.10. Octave Band: A frequency band where the upper frequency limit to the lower frequency limit has
a ratio of two to one.1
3.2.11. Single-channel Loudspeaker System: A loudspeaker system designed so that a single source
feed is distributed to all designated coverage areas. An example would be a system that contains
a central loudspeaker cluster with delayed loudspeakers, such as what might be found in an
auditorium or lecture hall.

1

ANSI/ASA S1.11-2014: Electroacoustics – Octave-band and Fractional-octave-band Filters – Part 1: Specifications. Melville, NY:
Acoustical Society of America (ASA).
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4. REQUIREMENTS
4.1. Sound System Prerequisites
The sound system shall meet these conditions for this Standard to apply.
4.1.1.

The system shall be in its intended operating state with confirmation of loudspeaker functionality
and polarity as well as adjustments for gain structure, spectral balance, system equalization, and
time offset corrections having already been performed.

4.1.2.

In its intended operating state, the system shall be capable of an acoustic output of at least 15 dB
above the ambient noise level in each octave band to be tested.

4.1.3.

The venue shall be in its intended operating configuration. This means that all construction activity
has ceased, room finishes are in place, the room is in its typical seating configuration, and
extraneous noise from people or equipment is minimized.

4.2. Measurement Software and Tools
4.2.1.

All instrumentation used for measurement of ACU shall be capable of deriving and outputting ISO
octave-band measurement results, and shall conform to requirements of Class 1 or Class 2 sound
level meter systems.

4.2.2.

All instruments shall be calibrated as required by the manufacturer’s instructions to ensure
measurement accuracy.

4.2.3.

Weighting filters such as A, B, or C shall not be used. All sound pressure levels shall be expressed
in unweighted decibels (dB).2

4.2.4.

A transfer function measurement shall be used to capture a 50-millisecond time-windowed
frequency response to measure ACU. See Annex 5.1 for further details.

4.3. Audio Coverage Uniformity Measurement Procedure
4.3.1.

A process map is provided in Annex Error! Reference source not found.. The map shows the
ACU measurement procedure, necessary documentation, and a decision tree for this Standard.
This is a normative annex.

4.3.2.

This Standard provides measurement procedures for two types of loudspeaker systems: distributed
(Section 4.4) and point-source (Section 4.5).

4.3.3.

For listener areas with varying physical configurations (such as operable partitions), measurements
shall be taken and reported separately for each configuration.

4.3.4.

Systems shall be measured based on their intended usage:

2

International Electrotechnical Commission (IEC), IEC 61672-2:2013 Electroacoustic – Sound Level Meters Pt. 2 Pattern Evaluation
Tests.
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4.3.4.1. Six octave-band measurements (250Hz-8kHz): limited bandwidth program or speech
applications
4.3.4.2. Eight octave-band measurements (125Hz-16kHz): full bandwidth program or music
applications
4.3.5.

The sound system shall be measured at the specified audio coverage uniformity locations and the
early arriving energy level for each octave band shall be recorded. The maximum and minimum
measurements in each band will be noted. For an example form for recording this information, see
Annex 5.3.

4.3.6.

The positioning of the audio coverage uniformity measurement locations (ACUML) within the space
shall be located to a tolerance of +/-300 mm (12 inches). Note any measurement locations that are
outside of that tolerance and the reason for the deviation.

4.3.7.

The measurement microphone shall be positioned at the listening plane within the coverage area.
Care shall be taken to ensure that all measurements are taken at the identified height to a tolerance
of +/-25 mm (1 inch).

4.3.8.

A drawing, similar in nature to a ceiling, furniture, or facilities plan, shall be prepared and include
the following information:
4.3.8.1. Location of all loudspeakers
4.3.8.2. Location of all listener areas, marked with their listening plane height
4.3.8.3. Location of measurement points, numbered consecutively

4.4. Establishing Measurement Locations for Distributed Systems
Three conditions for measurement of distributed systems are described below.
4.4.1.

Consistent Distribution

In spaces where the distribution of loudspeakers and the distance from the loudspeakers to the listening
plane are consistent, as in Figure 1, measurements shall be taken:
4.4.1.1. Directly on-axis of a loudspeaker (Figure 1, location 1)
4.4.1.2. In the coverage overlap zone halfway between two loudspeakers (Figure 1, location 2)
4.4.1.3. At the position of greatest overlap created by adjacent loudspeakers (Figure 1, location 3)
4.4.1.4. At the edge of the listener area, off-axis of a loudspeaker (Figure 1, location 4).

© InfoComm International® 2017
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Figure 1: Distributed loudspeaker measurement locations (plan view)

4.4.2.

Consistent Distribution with Minor Anomalies
4.4.2.1. If an anomaly exists in an otherwise consistently distributed loudspeaker system, (e.g.,
loudspeaker spacing is off by a single ceiling tile), and the direct-coverage measurements
made at locations two (2) and three (3) in Figure 2 affect the overall envelope by more than
1 dB, note this location and its variance in the report.

Figure 2: Distributed loudspeaker measurement locations with minor anomalies

4.4.3.

Inconsistent Distribution

If a condition exists in which either the loudspeaker spacing or distance from the loudspeaker plane to the
listener plane are not consistent, such as in Figure 3, all overlap zones shall be measured in addition to the
© InfoComm International® 2017
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direct and boundary measurement positions. In Figure 3 the direct measurement position is point 1 and the
boundary measurement positions are points 4, 9, and 11. The overlap zones are represented by points 2,
3, 5, 6, 7, 8, and 10.

Figure 3: Inconsistent loudspeaker spacing measurement locations

Examples of inconsistent distribution include:
4.4.3.1. Asymmetric loudspeaker spacing
4.4.3.2. Variations between the loudspeaker mounting plane and the listening plane (i.e., when the
planes are not parallel)

4.5. Measurement Requirements for Point-source Systems
4.5.1.

Measurement of a point-source system shall include all loudspeaker elements that contribute to
the listener area(s) under assessment.

4.5.2.

For those systems that require more than one input to drive all loudspeaker elements, the same
test signal shall be provided to all necessary inputs.
4.5.2.1. Single-channel loudspeaker systems shall be measured with all loudspeakers operating.
4.5.2.2. Multi-channel loudspeaker systems shall have each channel measured independently.

4.5.3.

Systems with multiple inputs whose outputs individually cover the same listener areas shall have
each output channel measured independently.

4.5.4.

Systems that utilize a loudspeaker sub-system to provide supplemental fill shall be measured with
all loudspeakers operating. The following measurement points shall be added:
4.5.4.1. At the overlap in coverage between two fill loudspeakers.

© InfoComm International® 2017
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4.5.4.2. In the transition zone between the primary loudspeaker system and the fill system where
the direct sound from the primary loudspeaker system and the direct sound from the fill
system create the greatest summation or cancellation, as indicated with an “x" in Figure 4
and Figure 5.

Figure 4: Point-source loudspeaker system with fill system (over or under-balcony)

Figure 5: Point-source loudspeaker system with front fills

4.5.5.

Establishing Apparent Origin

The apparent origin of a point-source system is the physical point in space from which measurement
locations for a listening area are determined. It shall be established based upon the system’s topology.
© InfoComm International® 2017
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4.5.5.1. For systems with a single primary loudspeaker location, the geometric center of the location
shall be used, as in Figure 6.

Figure 6: Apparent origin with a single primary loudspeaker location

4.5.5.2. For a system consisting of multiple primary loudspeaker locations, the apparent origin is
the point geometrically centered between the outer-most loudspeaker locations, as shown
in Figure 7.

Figure 7: Apparent origin with multiple primary loudspeaker locations

© InfoComm International® 2017
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4.5.5.3. As explained in Section 4.5.3, systems with multiple inputs whose output channels
individually cover the same listener areas shall have each output channel measured
independently. Such systems will have multiple apparent origins. This is shown in
Figure 8.

Figure 8: Multi-channel system with three apparent origins

4.5.5.4. The vertical location of the apparent origin will be at the height of the center box of the
array or loudspeaker cluster.
4.5.6.

Establishing Measurement Locations
4.5.6.1. The apparent origin shall be used to establish a radial grid of measurement locations.
4.5.6.2. A measurement location shall be placed every 5 degrees in the vertical plane (see
Figure 9) and 20 degrees in the horizontal plane (see Figure 10) within the listener area(s).
4.5.6.3. If multiple measurement locations are located within a 600 mm (2 foot) radius, only one of
the measurement locations shall be used.
4.5.6.4. If a symmetric loudspeaker system is deployed in a symmetric venue, measurement
locations may be mirrored across the center line.

© InfoComm International® 2017
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Figure 9: Measurement locations for point-source loudspeaker systems (vertical plane)

Figure 10: Measurement locations for point-source loudspeaker systems (horizontal plane)

4.6. Measurement Sequence
The following measurement sequence shall be followed.
4.6.1.

Record:
4.6.1.1. The system being measured as full or limited bandwidth
4.6.1.2. The type of measurement stimulus to be used (pink noise or sweep)
4.6.1.3. The measurement tools to be used (make, model, calibration status, software version)

© InfoComm International® 2017
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4.6.2.

Determine the highest ambient noise level (ANL) for each of the octave bands under test in the
space. The system under test shall reproduce a distortion-free test signal at least 15 dB above
ANL.

4.6.3.

Connect the test signal to the system and route it to all loudspeaker elements within a given output
channel covering the listening area under test.

4.6.4.

Capture a transfer function measurement at each ACUML from which octave-band levels will be
derived. Save each measurement as a unique data set.

4.6.5.

For multi-channel sound systems, repeat steps 4.6.2 through 4.6.4 for each channel.

4.6.6.

Derive octave-band levels from each data set.

4.6.7.

Determine and record the coverage envelope for each octave band. The coverage envelope is the
absolute value of the difference between the highest and lowest measurement readings in a given
octave band. The octave band with the greatest coverage envelope determines the system’s
performance classification. Classifications are shown in Section 4.8. A detailed description of
coverage envelopes and what they mean is found in Annex 5.6.

4.6.8.

Return any system parameters changed for this measurement procedure to their pre-existing
operating conditions.

4.7. Reporting
To ensure that classification under the Standard is clearly indicated and testing is reproducible, a test report
shall be prepared which at minimum contains:
4.7.1.

A tabular form (such as in Annex 5.3) indicating:
4.7.1.1. Whether the system was measured for full or limited bandwidth
4.7.1.2. The type of measurement stimulus used
4.7.1.3. The measurement equipment used
4.7.1.4. The unique number assigned to each ACUML
4.7.1.5. Sound pressure level (dB) of the nominal ambient noise level in each octave band under
test
4.7.1.6. The measured sound pressure level (dB SPL) in each of the six or eight measured octave
bands at each measurement location
4.7.1.7. The performance classification coverage envelope as defined in Section 4.8.

4.7.2.

A copy of the ACUML plan indicating measurement locations and the numeric designations for
each location.

© InfoComm International® 2017
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4.8. Performance Classification
4.8.1.

The performance classification of the system is determined by the coverage envevlope. Upon
completion of the measurements, the system shall be classified as described in Figure 11 using
the derived coverage envelope. As stated in Section 4.6.7., the coverage envelope is the absolute
value of the difference between the highest and lowest measurement readings in a given octave
band. The octave band with the greatest coverage envelope determines the system’s performance
classification. All sound pressure levels within this document are expressed in unweighted decibels
(dB).
Annex 5.6 contains additional guidance about using this performance classification.
Coverage Envelopes
3 dB
6 dB
8 dB
12 dB
> 12 dB
Figure 11: Coverage envelopes

© InfoComm International® 2017
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5. ANNEXES
5.1. Early Arriving Energy and the 50 Millisecond Window (Informative Annex)
Psychoacoustic research dating back to 19483 demonstrates that for speech, the human ear and
brain (the "hearing system") can integrate the first arrival of sound from a source with other acoustical
energy arriving within 25-35 milliseconds of the first arrival. This neuro-physical integration allows
listeners to perceive the signals as a single source without seriously affecting intelligibility.
Subsequent research4 has shown that this window extends out to 50 milliseconds for speech signals.
This is often referred to as “precedence,” the “Haas effect,” or the “law of the first wavefront.” Latearriving energy (after 50 milliseconds for speech or about 100 milliseconds for music) results in a
decrease in clarity due to the distinguishability of multiple arrivals at the listener’s ears. In keeping
with this research, this Standard limits the time window to the first 50 milliseconds after arrival of the
direct sound.
The wide availability of measurement tools that can capture time-windowed measurements,
combined with the inability of listeners to separate direct from early arriving sounds, allows the output
of this Standard to reflect a listener’s experience more accurately than by solely measuring the direct
sound or by using time-blind measurement tools.

3

Haas, Helmut (1972). “The Influence of Single Echo on Audibility of Speech”. Audio Engineering Society JAES Volume 20 Issue 2.
146-159.

4

Litovsky, R.Y., Colburn, H.S., Yost, W.A., and Guzman, S.J. (1999). "The precedence effect". The Journal of the Acoustical
Society of America. 106 (4 Pt 1): 1633–16.
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5.2. ACU Process Map (Normative Annex)

© InfoComm International® 2017
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5.3. Sample Form for Site Measurement and Reporting (Informative Annex)
Project Information
Owner:

Venue Name & Room Number:

Tester Name:

Date:

Measurement Equipment
Calibrator:

Calibration date:

Computer/measurement device:

Measurement software:

Measurement tools:

Microphone:

Stimulus signal:

Pre-amplifier:

Other:

System Criteria
Bandwidth (Circle One):

Limited

Full

Number of bands:

6

8

System Classification (Circle One)
3 dB

6 dB

8 dB

Notes &
Explanation:

© InfoComm International® 2017

Page 20

12 dB

>12 dB

ANSI/INFOCOMM A102.01:2017
Audio Coverage Uniformity in Listener Areas
Measurements by Octave Band Center Frequency (Hz)
125

250

500

1000

2000

4000

Nominal Ambient
Noise Level (ANL)
ANL + 15 dB
Sound Pressure Level Measurements
Measurement
Location
1
2
3
4
5
6
7
8
9
10
11
12
Minimum Level
Maximum Level
Coverage Envelope
Figure 12: Sample form for site measurement documentation and reporting
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5.4. Justifications for Measurement Locations (Informative Annex)
5.4.1.

Distributed Loudspeakers

In a condition where the spacing of distributed loudspeakers and the distance from the loudspeakers to the
listening plane are consistent, the repeatability of the loudspeaker’s layout and the predictability of the
loudspeaker’s behavior can be leveraged to create the simplified measurement technique utilized in the
Standard. The work of Rex Sinclair5 establishes that:
•

The loudest measurement from a single loudspeaker will occur directly on-axis of the loudspeaker, in
that it is the shortest distance from the loudspeaker to the measurement microphone.

•

The greatest contribution from any two loudspeakers will occur at the point directly between the two
loudspeakers.

•

The greatest contribution from multiple loudspeakers will occur at the point equidistant from all adjacent
loudspeakers, as typically found in a hexagonal or square grid.

•

An edge of a loudspeaker’s pattern that does not overlap with the coverage of another loudspeaker will
have the lowest measurement value, as that location is the greatest distance from the loudspeaker that
sound will travel to reach the measurement microphone. This occurs at the edge of the listening area,
off-axis of a loudspeaker.

These four assumptions form the basis for the required measurement points for distributed loudspeaker
systems in this Standard.
When a repeatable pattern is not present, the Standard requires a similar set of measurements for each
unique loudspeaker layout pattern.
5.4.2.

Point-source Loudspeaker Systems

The objective of this Standard is to apply a measurement-point distribution scheme that measures the
coverage of a loudspeaker system at a consistent angular resolution, regardless of the distance from the
loudspeaker(s) to the coverage area(s). The partial-sphere waveform from a loudspeaker expands radially,
so it is fitting to measure it radially, giving equal weight to every portion of the coverage pattern. This is
accomplished by distributing points throughout the seating plane on a radial grid, which originates from the
apparent origin of the loudspeaker system(s) under test.
Spacing of the radial measurement points was determined through a series of onsite measurements
performed by the Task Group. Members laid out a seating grid and collected measurement data at each
seat. Analyzing the collected data, it was determined that variances in data occurred at about 3700 to 4600
mm (about 12 to 15 feet). Using an average of 4300 mm (14 foot) spacing, angles were trigonometrically
calculated and verified by comparing the resulting radial measurement grids to the initial series of onsite
measurements. From this exercise, it was determined the angles for measurement point spacing would be
5 degrees vertically and 20 degrees horizontally.

5

Sinclair, Rex. “Uniformity of Coverage in Distributed Sound Systems”. Altec Engineering Notes. Technical Letter No. 258B.
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5.5. Band Limit Extensions (Informative Annex)
An octave band of frequencies is defined when its upper band-edge frequency (f2) is twice the lower bandedge frequency (f1):
or f2 = 2*f1
Each octave band is demarked by its center frequency or the geometric mean of the band, calculated as
follows:
fc = (f1*f2)1/2
where fc = center frequency
Note that f1 and f2 are the lower and upper frequency band limits, respectively.
The center, lower, and upper frequencies for common octave bands are listed Figure 13.
Lower Band Limit (f1)

Center Band (Geometric Mean, fc)

Upper Band Limit (f2)

88.4

125

176.8

176.8

250

353.6

353.6

500

707.1

707.1

1000

1414.2

1414.2

2000

2828.4

2828.4

4000

5656.9

5656.9

8000

11313.7

11313.7

16000

22627.4

Figure 13: Lower, center, and upper band limits for octave band filters (frequencies in Hz)
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5.6. Performance Classification:
Coverage envelope descriptions and what they mean (Informative Annex)
5.6.1.

This Standard does not provide a subjective qualification of a system, but provides an objective
measure of coverage uniformity. Acceptability of the system’s designed and measured uniformity
of coverage is left to the owner. Different applications dictate different performance classifications.
An acceptable coverage envelope depends on the system's purpose, application, or use. For
instance, a speech reinforcement system needs a tighter coverage envelope than a background
music system, just as a system in a performance hall needs a tighter envelope than a bar band's
system. It is for this reason the Standard does not attempt a pass/fail system of verification of
conformance.
Uniformity of coverage is described in terms of five different coverage envelopes: 3 dB, 6 dB, 8 dB,
12 dB, and >12 dB. The coverage envelope for any octave band is the highest measured value
minus the lowest measured value. The octave band with the greatest coverage envelope
determines the system’s performance classification. However, in a scenario where one octave band
is a strong outlier from the others, such as a single 8 dB envelope among five 3 dB envelopes, the
system can be reported as having a 3 dB coverage envelope with a single exception. This should
be noted in the project documentation.
Variations in the coverage envelope illustrate how uniform the coverage is across any seating area.
Research has shown that the minimum variation in level that the average listener can perceive is
a 3 dB envelope, which is the tightest envelope described in the Standard.6

5.6.2.

How, then, can the relative differences between these coverage envelopes be described to an
owner unfamiliar with the Standard? One option is to either install a system or series of systems
that demonstrate these differences. This is most easily done with distributed loudspeaker systems.
Another option would be to discuss what a listener might perceive in a particular performance
classification:
3 dB
In a system where the coverage of envelope is 3 dB (or less), the listener would not be able to
focus on a particular loudspeaker as the source of audio the listener is hearing as that listener
moves around in a space. Ceiling mounted distributed loudspeaker systems that are based on
center-to-center overlap or minimum overlap are one example of such a system.7
6 db
Where the coverage envelope is 6 dB, the listener would be able to clearly focus on a particular
loudspeaker as a source as they move about the space. In a ceiling mounted distributed system,
they can tell when they are underneath a loudspeaker and when they are in the overlap zone

6
7

Eargle, John, and Chris Foreman. “Audio Engineering for Sound Reinforcement”. Milwaukee, WI: Hal Leonard Corporation, 2002.
Ibid.
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between loudspeakers. This would be the case in a distributed loudspeaker system based on edgeto-edge loudspeaker coverage overlap.
8 dB
An 8 dB coverage envelope has been described as the "extreme variation in any major audience
area" when applied to a centrally mounted loudspeaker cluster.8 As a listener moves about the
space, they would be able to perceive changes in the direct sound level versus the reverberant
sound level. An example of an 8 dB coverage envelope might be found in a paging system or
background music system in a supermarket.
12 dB
The 12 dB envelope is the widest spread and would be possible for the average listener to clearly
perceive the source and the relative balance between direct sound and reverberant sound from the
system. A supermarket or a parking lot paging system would be relevant examples.
Greater than (>) 12 dB
Finally, the >12 dB envelope is provided as a descriptor for any sound system that exceeds the
widest spread noted in Section 4.8.
Most of the examples used above relate to the design of distributed loudspeaker systems, which
are recognized as capable of providing the most uniform coverage available9. However, it is
possible to achieve very tight coverage envelopes from a well-designed central cluster approach,
passive or actively steered loudspeaker arrays (linear or one of the many implementations of
curved arrays), and the use of digital signal processing found in many modern systems.

8
9

Davis, Don, and Carolyn Davis. “Sound System Engineering”. Second ed. Burlington, MA: Focal Press, 1997.
Sinclair, Rex. “Uniformity of Coverage in Distributed Sound Systems”. Altec Engineering Notes. Technical Letter No. 258B.
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