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This dissertation covers the topic of improving speech intelligibility with a 

constant-beamwidth, wide-bandwidth (CBWB) loudspeaker array.  The concept is 

examined through computer simulation, array implementation, and field tests.  A review 

of speech, speech intelligibility, and the methods used to evaluate speech intelligibility 

are presented.  The concepts of reverberation and RT60 are presented along with a 

discussion of the direct-to-reverberant ratio (D/R) and how it is affected by the source’s 

Q.   

The first part of this work was conducted via computer simulations. The CATT-

Acoustic software package was used to simulate the rooms used in this study and to 

determine the optimum beam pattern for the array.  The simulations compare the 

performance of the array to the performance of a typical PA source and show that the 

array decreases the D/R and improves speech intelligibility. 
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Array theory is presented and the concept of a CBWB array is developed.  First, 

basic array theory is reviewed for an N-element broadside array.  Next, the concept of 

array element superposition is discussed.  The filter weighting functions for the CBWB 

array are developed and analyzed.  Finally, the directivity function for a crossed array is 

examined.   

A thorough discussion of the array’s design is given along with justification of the 

design procedure.  An overview of the physical construction is given and a modeled 

version of the array is introduced.  The linear-phase, FIR digital filters are developed 

from theory for each band of interest and the implemented filters are compared with their 

theoretical counterparts. 

 Finally, the field test results are presented and compared with the simulation.   

The model array was tested in the anechoic chamber to verify the design.  The results are 

compared to the design parameters and the design is confirmed.  Next, the full array was 

tested in two locations and compared with a typical PA source.  As predicted, the array 

increases the speech intelligibility in the rooms and increases the D/R. 
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Chapter 1: Introduction 

1.0 MOTIVATION FOR THIS STUDY 

Anyone who has listened to public speakers has surely encountered poor speech 

intelligibility.  The reason a person listens to a speaker is to obtain information.  When 

the listening experience is impacted by a room with poor speech intelligibility, the ability 

of the listener to obtain the desired information is reduced.  This study was developed to 

examine a new method for improving speech intelligibility in rooms with poor speech 

intelligibility characteristics (bad rooms).   

These “bad” rooms usually have a combination of factors that contribute to poor 

speech intelligibility.  One factor is a poor signal-to-noise ratio (S/N)[1-8]. It could be 

attributed to a person with a speaking voice that is unable to project over the entire 

audience – a situation that requires a public address (PA) system.  Another contributor to 

a poor S/N is HVAC (Heating, Ventilation, and Air Conditioning) noise, which can 

sometimes be overcome by increasing the volume level of a PA system.  If increasing the 

PA’s volume level does not work, modifications to the HVAC system are required.   

A second factor affecting speech intelligibility is reverberation time[1, 5, 6, 8-19].  

High reverberation times are the product of large rooms with surfaces that have low 

absorption coefficients.  These surfaces reflect almost all of the sound that strikes them 

back into the room.  This reflected or reverberant energy continues to bounce around the 

room until it is absorbed as it encounters other surfaces or until its energy is absorbed by 

the air.  RT60 is a common metric used to characterize the reverberation time in a room.  It 

is defined as the amount of time it takes the sound field to decay by 60 dB after the sound 

source is turned off.  A more in-depth discussion of RT60 is presented in Chapter 2.  Good 

speech intelligibility is a result of low levels of reverberant energy in relation to the direct 
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sound energy.  This ratio is referred to as the direct-to-reverberant ratio (D/R).  Speech 

intelligibility also is reduced by late-arriving reflections and echoes[1, 2, 4, 7, 8, 17, 20]. 

Unfortunately, bad rooms are not hard to find.  All one has to do to locate one is 

to attend a function at a church or school.  Many churches and most schools have multi-

purpose rooms that must function as a gathering place, cafeteria or banquet hall, 

gymnasium, and performance space.  When these rooms are designed, many factors are 

considered, but acoustics and speech intelligibility often are afterthoughts.  Traditionally, 

the room’s acoustics are not considered until the first event is held in the new facility and 

audience members complain about not being able to hear or understand the 

performer/speaker.  At this point, acoustical considerations and speech intelligibility 

move to the forefront.  An acoustics consultant is called in and he/she usually 

recommends room treatments and room alterations.  While these recommendations are 

not wrong, they are often outside the available budget or interfere with the architectural 

design of the room.   

Many methods have been employed to improve speech intelligibility with varying 

results.  These methods include room treatments, column loudspeaker arrays, overhead 

loudspeaker systems, back-of-pew loudspeakers, line arrays, and typical PA systems[4, 6-

8, 14, 15, 17, 18].  A constant-beamwidth, wide-bandwidth (CBWB) loudspeaker array is 

another approach to improving speech intelligibility.  A CBWB array improves speech 

intelligibility by focusing its output on the listeners and not on the rest of the room.  By 

focusing the sound source on the listeners, late-arriving room reflections are reduced, the 

D/R is increased, and speech intelligibility is improved.  Also, a CBWB array can be used 

to improve speech intelligibility in the room without expensive room treatments or 

architectural alterations. 
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In this study, two rooms were selected to represent typical multi-purpose rooms.  

The first was the Family Life Center (FLC) at St. John’s United Methodist Church in 

Austin, Texas, a typical multi-purpose room prevalent in churches across the country.  

The FLC serves as a gymnasium, meeting room, class room, and banquet hall.  Several 

functions are held in the room each week.  All of the surfaces in the FLC are hard and 

inhibit good acoustical performance; the problem is enhanced further by an expanse of 

double-pane windows.  

The second room was a large gymnasium in Belmont Hall (BH) on The 

University of Texas at Austin campus, representing larger multi-purpose rooms.  Rooms 

of this type often are used for large gatherings, classroom activities, ceremonies, and 

sporting events.  It was particularly interesting that, while testing this room, an instructor 

was present in the room discussing how she had to teach a class in one corner and how 

difficult it was for her students to understand what she was saying. 

The CBWB array is limited to speech reproduction, but the limitation was 

imposed to reduce the complexity of the implemented array and the measurements used 

to evaluate its performance.  A natural extension of this work would be to develop a 

wider range CBWB device for music reproduction.    

1.1 PREVIOUS WORK 

Two of the seminal studies using an array to improve speech intelligibility in a 

reverberant space are “Speech Reinforcement in St. Paul’s Cathedral” and “Speech 

Reinforcement in St. Paul’s Cathedral, Details of the Equipment and Results of Tests” by 

P.H. Parkin and P.H. Taylor[17, 18].  St. Paul’s Cathedral is much larger than the rooms 

examined in this study with a volume of approximately 5 million cubic feet and an empty 

reverberation time of approximately 11 seconds[17, 18].  Parkin and Taylor studied the 

interaction between the direct and reverberant sound fields and the effect of the D/R on 
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speech intelligibility.  They constructed a line array to narrow the vertical beam pattern of 

the source and found that a narrow vertical beam pattern improved speech intelligibility 

in the cathedral.  Parkin and Taylor’s line array was limited by the technology available 

to them in 1952, but they showed that a narrow vertical beam pattern increased the D/R 

and improved speech intelligibility[17, 18].  David Klepper and John Eargle pointed out 

in their introduction to the reprint of the Parkin-Taylor paper that “...the pioneering 

installation at St. Paul’s, maximize(s) early sound energy while minimizing reverberant 

energy at the listener’s ears, and the critical acoustical parameter is no longer 

reverberation time per se, but the ratio of early-to-reverberant energy”[21]. 

In “The distributed column sound system at Holy Cross Cathedral, Boston, the 

reconciliation of speech and music,” the original system, installed in 1954 by Leo 

Beranek, was discussed[15].  This system was based on the work of Parkin and Taylor in 

St. Paul’s Cathedral and used distributed column loudspeakers.  In 1988, Klepper 

Marshall King Associated, Ltd. modernized Beranek’s original system.  The original 

system used the approach of focusing a narrow sound beam on the audience to reduce the 

D/R.  The modernized system followed those same principals by replacing the original 

loudspeakers with new ones that had the same beamwidth characteristics.  Both systems 

consisted of two vertical loudspeaker arrays in each of 20 locations.  One array covered 

the high frequencies, and the other, the low frequencies.  The arrays exhibited similar 

performance, a broad horizontal beam pattern combined with a narrow vertical one.  Due 

to the nature of the array, no control on the horizontal beam pattern was available.  The 

results of the study showed an increase in the D/R by using a directional source.  Speech 

intelligibility was improved without altering the aesthetics of the cathedral or altering its 

musical performance characteristics[15]. 
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The array presented in this dissertation is based on the previous work of Dr. 

Elmer Hixson and his graduate students at The University of Texas at Austin.  In the 

journal article “Wide-bandwidth Constant Beamwidth Acoustic Array,” Dr. Hixson and 

K.T. Au introduced a filtering method using two octave-spaced base arrays to maintain 

constant beamwidth over that octave[22].  At the time, high-speed DSPs and linear-phase 

FIR filters were not available to implement the array.  Later, Jefferson Harrell 

implemented the filters developed by Dr. Hixson and published the results in “An Array 

Filtering Implementation of a Constant-Beam-Width Acoustic Source”[23].  Harrell’s 

work explored several implementations of a constant-beamwidth array over a single 

octave.  He explored both broadside and end-fire array configurations.  One of his arrays, 

a crossed broadside array, served as the basis for the array used in this study.   In contrast 

to the array used here, Harrell’s array had the same beam pattern for both axes and 

covered only one octave[23].  Others have used various methods to obtain a constant 

beamwidth source across a defined frequency range, but these methods use different 

approaches to filtering and physical implementation[24, 25].   

Another study examining the effect of the D/R on speech intelligibility was 

performed by Hiroaki Nomura, Mikio Tohyama, and Tammo Houtgast.  In “Loudspeaker 

Arrays for Improving Speech Intelligibility in a Reverberant Space,” they examined the 

D/R by placing the listener at the center of two circular arrays in a reverberation chamber.  

The study used two circular arrays, the first, a single circle of sources, and the second,  

two concentric circular arrays[16].  The study also explored the use of a single line array 

set up in an end-fire configuration as a source.  The end-fire line array did help speech 

intelligibility, but the improvement was not as great as that for the circular array.  The 

study showed that speech intelligibility improved as the D/R increased[16].  A circular 



 6

array would not be practical for typical listening environments but is interesting from an 

experimental point of view in that direct manipulation of the D/R is possible. 

1.2 GOALS AND OBJECTIVES 

There were several goals and objectives for this study, which were met with 

varying degrees of success. These goals were: 

• Increase speech intelligibility in a room or rooms that exhibit poor 

intelligibility caused by problems associated with reverberation. 

• Use a CBWB array with different half-power beamwidths (HPBW) for 

each axis to increase speech intelligibility.  The vertical axis should 

have a narrow HPBW to focus the sound on the audience and not on the 

space above the audience members’ heads.  The horizontal axis HPBW 

should be broad so that the array covers the entire audience area. 

• The array should maintain a constant beamwidth over the range of 

speech (500 Hz to 4 kHz) that contributes most to speech 

intelligibility[2, 4, 5, 7, 26-31].  

• Improve audience coverage over a typical PA source. 

• Increase the D/R. 

• Decrease measured RT60 values. 

This dissertation shows that these goals were met for the majority of the audience 

area in both the FLC and BH.  There were some locations in both rooms where some of 

the goals were not met or where the array performed similarly to a typical PA.  These 

specific instances are discussed as they are encountered. 
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1.3 OUTLINE OF THIS DISSERTATION 

This dissertation covers the topic of improving speech intelligibility with a 

CBWB array through computer simulation, array implementation, and field tests.  The 

dissertation is divided into seven chapters with each covering a specific topic related to 

the subject. 

Chapter 2 discusses the speech signal and highlights the components of speech 

that are important to this study.  Speech intelligibility is introduced, and the factors that 

impact speech intelligibility are introduced.  The chapter then moves to a discussion of 

room acoustics.  The concept of reverberation and RT60 is presented along with a 

discussion of the D/R and how it is affected by the source’s Q, which is defined in the 

chapter.  The Speech Transmission Index (STI) is introduced, and the methods used to 

determine a value for STI are discussed.  Finally, the use of Time Delay Spectrometry 

(TDS) for STI measurements is evaluated. 

Computer simulations are the subject of Chapter 3.  The CATT-Acoustic software 

package was used to simulate the rooms used in this study and to determine the optimum 

beam pattern for the array.  The simulations compare the performance of the array to the 

performance of a typical PA source and show that the array decreases the D/R and 

improves speech intelligibility. 

Array theory is the subject of Chapter 4.  First, basic array theory is reviewed for 

an N-element broadside array.  Next, the concept of array element superposition is 

discussed.  Element superposition reduces the number of individual elements required for 

a CBWB array, which results in reduced complexity and lower costs.  The filter 

weighting functions for the loudspeakers in the CBWB array are developed and analyzed.  

Finally, the directivity function for a crossed or two-axis array is examined.   
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Array design and implementation is the topic of Chapter 5.  In this chapter, an 

overview of the array system is presented and explained.  A thorough discussion of the 

array’s design is given along with justification of the design procedure.  The loudspeakers 

selected for the array are discussed, and their specifications are related to the arrays in 

which they are used.  Horizontal and vertical array directivity equations are developed 

individually and then combined into the full directivity pattern for the array. An overview 

of the physical construction is given and a modeled version of the array is introduced.  

The modeled array was necessary for testing the array’s performance in the anechoic 

chamber at The University of Texas at Austin.  The last portion of this chapter deals with 

the array’s signal path.  Digital filters are developed from theory for each frequency band 

of interest, and the implemented filters are compared with their theoretical counterparts.  

Finally, the summing network and system amplifier are discussed.   

The field test results are presented in Chapter 6.  The model array was tested in 

the anechoic chamber; the results were compared to the design parameters, thereby 

confirming the design.  Next, the full array was tested in two locations and compared 

with a typical PA source.  The results of these tests are analyzed and compared to the 

simulations.  As predicted, the array increases the speech intelligibility in the rooms and 

increases the D/R. 

Chapter 7 is the conclusion of this dissertation.  This chapter summarizes the 

study and its results.  Finally, future work and improvements for the array are discussed.  
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Chapter 2: Speech Intelligibility in Reverberant Rooms 

2.0 INTRODUCTION 

Several concepts and testing methods that are referred to throughout this 

document need introduction.  This chapter provides a general overview of the concepts of 

speech and speech intelligibility as they relate to this study.  Next, the concepts of 

reverberation and noise are discussed.  In this section, a key concept, the direct-to-

reverberant ratio (D/R) is introduced and treated for an omni-directional source and a 

directional source.  The discussion of the D/R shows how a directional source increases 

the D/R of a room, which is beneficial to speech intelligibility.   

The remaining sections in this chapter deal with evaluation techniques for speech 

intelligibility.  Both objective and subjective methods are discussed, and the method used 

in this study, the Speech Transmission Index (STI), is outlined.  Finally, the Time-

Energy-Frequency (TEF) analyzer is introduced, and the technique of using a series of 

Energy-Time Curves (ETC) to evaluate STI is discussed. 

2.1 SPEECH AND SPEECH INTELLIGIBILITY 

Speech communication is a broad subject and is too vast to be covered in its 

entirety in this work.  Therefore only necessary characteristics will be presented.  The 

speech signal has a dynamic range of approximately 30 dB and is composed of vowels 

and consonants (phonemes).  Phonemes combine to form syllables, which last for 

approximately 125 ms with an average interval of 200 ms between them.  Consonants last 

for approximately 65 ms, and vowels last for approximately 100 ms.  The vowels provide 

the power to the speech signal while the consonants contribute to articulation.  

Consonants are masked easily by noise because they are approximately 27 dB quieter 
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than vowels[1], contain mainly high-frequency information, and many listeners have 

some high-frequency hearing loss. 

The purpose of speech communication is to transmit a message from one person 

to another person or persons.  Successful communication is a function of the 

intelligibility of the speech signal.  If the speech signal is unintelligible, the message is 

not received and communication breaks down.  Even if a listener can hear the speech 

signal, there is no guarantee that it will be intelligible.  Speech intelligibility is affected 

by many factors that appear in the path between the talker and the listener(s).  Any 

reduction in the intelligibility of the speech signal is a distortion, which includes but is 

not limited to the following [1-7]:  

 

1. Speech signal level 

2. Background noise level 

3. Reverberation 

4. Echoes 

5. The ratio of direct sound to reverberant sound 

6. Late reflections  

7. The reflection pattern 

8. Distortions in a sound system (if applicable) 

 

Some of these factors can be addressed when designing a listening space, thereby 

improving speech intelligibility. 

There are other factors that affect intelligibility that are not parts of the 

transmission path but relate to the talker and listener(s), including talker accents, hearing 

loss, and hearing aids.  Interactions between these person-specific factors and the 
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aforementioned speech signal distortions can result in even lower speech intelligibility[8, 

9].  It is difficult to predict and account for these factors when designing a listening 

environment because they are person-specific. 

Many methods are used to measure speech intelligibility.  These include 

subjective and objective tests discussed later in this chapter. 

2.2 REVERBERATION AND NOISE 

2.2.1 Reverberation 

Reverberation is the sound that remains in a room after the sound source is 

silenced.  Reverberation typically is referred to in relation to the length of time it takes 

for the sound to decay by 60 dB.  Listeners’ opinions on the optimum reverberation time 

for a room vary, but general guidelines exist for optimum reverberation time with respect 

to a room’s volume and use.  Rooms that are considered good for speech have a shorter 

reverberation time, while longer reverberation times are typically desired for rooms in 

which music performance is the primary activity.  Examples of these are given by Egan 

and are shown in Table 2.1. 

 
Room Volume (ft3) Reverberation Time (seconds)

Classroom 10,000 - 40,000 0.65 - 0.75
Theater 400,000 - 1,000,000 0.9 - 1.2

Multi-purpose Hall 100,000 - 1,000,000 1.6 - 2.2  

Table 2.1: Optimum Reverberation Times at 500Hz and 1 kHz[10] 

2.2.2 RT60 

The reverberation time of a room is characterized customarily by the term RT60, 

which is the length of time it takes the sound field in a room to decay 60 dB after the 

sound source is turned off.  In real-world situations where the noise floor decreases the 
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available dynamic range for measurements, methods are used to compute RT60 by 

measuring the slope of the log decay curve during the first 15 to 30 dB and predicting the 

remaining decay based on this slope.  Computations based on the first 15 or 30 dB of the 

curve are commonly referred to as T15 and T30, respectively.  

The Sabine equation, shown in Equation 2.1, is used to predict RT60 and shows 

the relationship between reverberation, room volume, and sound absorption in the room.  

In the following, V represents the volume of the room in cubic meters; c is the sound 

speed in meters per second; S is the total surface area of the room in square meters, and 

α is the average sound absorption coefficient. 

 

(2.1) 

 

It is evident from this equation that larger rooms will have a longer RT60 if they have the 

same α .  Additionally, if the volume of the room is held constant, additional sound 

absorbing materials will reduce RT60.  Sabine’s RT60 method does not account for the 

directionality of a sound source.  A common experience when using high-Q or highly 

directional loudspeakers is a reduction in RT60.  This reduction in RT60 can be measured 

using TEF analysis and ETCs[3].  

2.2.3 Direct-to-Reverberant Ratio 

A key factor for improving speech intelligibility is a high direct-to-reverberant 

ratio (D/R).  The D/R is a ratio relating the energy density of the direct sound field to that 

of the reverberant sound field.  The full derivations of the direct and reverberant energy 

densities are the subject of many texts and will not be presented here.  The direct sound 

field is made up of the energy from the source until it reaches the first reflection.  The 
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reverberant sound field consists of all the sound energy in the room after the first 

reflection and is subject to the absorption in the room.   

Under steady-state conditions, the total sound energy density in the room, WT, is 

the combination of the direct field energy density, WD, and the reverberant field energy 

density, WR, shown in Equation 2.2.  Note that definitions of WD and WR assume a 

centrally located, omni-directional source for now. 

 

(J/m3)  (2.2) 

 

The energy density of the direct field is given by Equation 2.3 where WS is the sound 

power emitted by the source in Watts; c is the speed of sound in meters per second, and r 

is the distance from the source in meters.  

 

(J/m3)   (2.3) 

 

To define the energy density of the reverberant sound field, the absorption in the 

room, A, has to be defined.  The absorption in the room is the product of the surface area 

of the room, S, in square meters and the average sound absorption coefficient,α .  The 

energy density of the reverberant sound field is shown in Equation 2.4. 

 

(J/m3)  (2.4) 

 

Now that WD and WR have been defined for a centrally located, omni-directional source, 

the resulting D/R is 
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Because this study focuses on a directional sound source, it is appropriate to 

incorporate source directivity into WD and WR before proceeding.  The direct sound 

energy density is influenced by the directivity factor of the source, Q, which is the ratio 

of the on-axis intensity of a sound source at a given distance and the intensity at the same 

location given an omni-directional sound source.  It is assumed both sources are radiating 

the same total acoustic power and that the measurements are taken in the free field.  The 

equation of Q is given in Equation 2.6 where ρ0c is the characteristic acoustic impedance 

and pax is the on-axis pressure of the sound source at a given distance, x. 

 

(2.6) 

 

   

Equation 2.3 can now be scaled by Q, and the resulting direct field energy density 

equation for a directional source is  

 

(J/m3)  (2.7) 

 

where it can be seen that an increase in the Q of a source increases the energy density of 

the direct field. 

The audience needs to be accounted for in the reverberant field energy density 

equation.  The terms αa, the absorption coefficient of the audience, and υa, the fraction of 

energy from the sound source directed at the audience, account for the audience’s effect 

on the reverberant field.  After incorporating those terms in the equation, WR becomes 
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(J/m3)  (2.8) 

 

Now that source directivity and the audience have been accounted for, the D/R for a 

directional source is 

 

(2.9) 

 

where it can be seen that  

 

(2.10) 

 

and 

 

(2.11) 

 

As mentioned and as will be shown in later chapters, an increase in the D/R at the 

listening position will increase speech intelligibility.  Another benefit from a directional 

source is an increase in the distance of the on-axis direct field from the sound source.  

This effect can be seen by comparing the distance at which WD equals WR.  That distance 

for an omni-directional source, romni is  

 

(2.12) 

 

and the distance for a directional source, rdir, is 
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A graphical representation of the SPL in a room from an omni-directional source, Q = 1, 

is shown in Figure 2.1 to illustrate the transition from the direct field to the reverberant 

field and the behavior of the reverberant field’s SPL. 

 

Figure 2.1: SPL in a room from an omni-directional source (Q=1, A=500) 

 

Once Equations 2.12 and 2.13 are examined, it becomes apparent that increasing the Q of 

the source increases the distance of the on-axis direct field, which should lead to 
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improvements in speech intelligibility for those listeners at a greater distance from the 

sound source.  The drawback to a directional source is the reduction in the D/R for those 

areas outside the coverage of the directional source.  Proper design techniques need to be 

implemented to insure that the directional source adequately covers the audience. 

2.3.3 Noise 

Noise in a room is any unwanted sound that is not related to the desired sound.  

Some typical sources for noise in a room are HVAC systems; electrical noises, such as 

transformer hum; audience noise, such as unwanted talking or rustling, and noises from 

outside sources, such as traffic.  All of these can have a negative effect on speech 

intelligibility.  Harris states, “On average, voice levels are raised approximately 3 to 6 dB 

for every 10 dB increase in noise level above 50 dB(A)…in a classroom lecture, the 

level…may be raised by 10 dB for every 10 dB increase in noise”[11].  

 2.3 SPEECH TRANSMISSION INDEX 

STI is an objective measurement technique for determining speech intelligibility.  

A complete treatment of the STI technique is given in IEC-60268-16:2003(E), “Objective 

rating of speech intelligibility by speech transmission index,” and only an overview of the 

technique will be given here.  STI returns a score, ranging from 0.0 to 1.0, that rates the 

system under test.  Table 2.2 shows the range of STI scores and their corresponding 

evaluations. 

   
STI Score Evaluation

0.0 - 0.3 Bad
0.3 - 0.45 Poor
0.45 - 0.6 Fair
0.6 - 0.75 Good
0.75 - 1.0 Excellent  

Table 2.2: STI Scores and Evaluations 
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STI replaces speech with a repeatable signal that consists of a series of test signals 

which have the same characteristics as speech as far as intelligibility is concerned.  The 

signals are centered at seven octave bands ranging from 125 Hz to 8 kHz.  The signals at 

each octave center are modulated with 14 one-third-octave-spaced modulation 

frequencies, ranging from 0.63 Hz to 12.5 Hz, for a total of 98 measurements.  These 

modulations correspond to phonemes.  Any corruptions of the simulated speech signal, 

such as reverberation, echoes, nonlinear distortions, and peak clipping, are revealed as a 

reduction in the value of the modulation index, mi, of the signal[12-15].  The modulation 

transfer function (MTF) is calculated using the mi for each test.  The MTF for each octave 

band is used in a weighted calculation of the STI[12, 16, 17].  The application of the 

MTF for use in room acoustics evaluations has been accounted for in other studies, which 

will not be repeated here[14, 18-20]. 

Background noise is considered in STI by a separate measurement where the 

noise level is measured for each of the seven octave bands.  These values are compared to 

the level of the test signals, and a signal-to-noise ratio is determined.  This ratio is 

considered in the calculation of the final STI score[12, 14, 15]. 

Other methods, both objective and subjective, exist that can be used to evaluate 

the speech intelligibility of a room.  The subjective methods include the Rapid Speech 

Transmission Index (RASTI) and the Speech Intelligibility Index (SII), which is a 

revision of the Articulation Index (AI).  RASTI is a simplified version of STI and only 

measures two octaves instead of the seven measured by STI[12, 19], thus limiting 

RASTI’s ability to account for reverberation and noise.  It was originally developed to 

reduce the testing time required by STI, but given the processing speed of modern 

computers, this speed difference is almost insignificant.  The SII improves upon the AI 

by accounting for reverberation, but unlike STI it does not account for nonlinearity[13].  
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The results from STI and SII tests are almost identical when the MTF technique is 

employed[13]. 

The subjective measurements include phonetically balanced (PB) word lists, the 

Diagnostic Rhyme Test (DRT), and the Modified Rhyme Test (MRT).  PB word lists first 

appeared in 1948 and remain in use today[21].  Later the MRT was developed, but 

instead of PB word lists, it uses monosyllabic consonant-vowel-consonant(CVC) words 

that are used with a carrier sentence[22].  The DRT is similar to the MRT in that it uses 

CVC word lists, but unlike the MRT it does not use a carrier sentence for the words[23, 

24].  Each of these tests requires the use of trained human subjects as talkers and 

listeners.  A minimum of five talkers and five listeners are required for the tests.  During 

the tests, the talkers read the word lists, and the listeners write down what they think they 

hear.  The results are tabulated, and a resulting score is issued[25]. 

The subjective tests are widely accepted and provide accurate insight into the 

speech intelligibility of a room.  There are drawbacks to the subjective test because 

human subjects are required.  These drawbacks include cost, testing time, and scheduling.  

Fortunately, the results from STI are comparable to CVC word tests.  When compared to 

CVC scores, the standard deviation for STI is 4.4% for male talkers and 6.6% for female 

talkers, which is a change in the signal-to-noise ratio of 1-2 dB[15]. 

For this study, STI was used to measure the performance of the array.  Subjective 

tests were not used because of the number of measurements performed in each room, 

cost, and the belief that comparable results could be obtained through STI.  Additionally, 

CATT-Acoustic, which was used for room and array simulation, provides simulated STI 

scores that could be compared directly to the measured results. 
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2.4 Using Time Delay Spectrometry for STI Measurements 

TDS is a measurement technique that uses a swept sine wave signal as a source 

and a delayed tracking filter on a microphone to measure the characteristics of a sound 

system or room.  One of the measurements made by this system is the ETC, which 

measures a system’s response after it has been excited by an impulse signal[26, 27].  The 

ETC shows how the energy from the signal behaves with time and reveals how the 

system interacts with its environment. 

Because the impulse response of a room can be measured by an ETC through 

TDS and it is possible to compute STI measurements from post processing the impulse 

response of a room, TDS can be used to compute the MTF and STI of a room[28].  The 

ETC is a more accurate method for calculating the MTF because “the squared TDS 

Energy Time Curve (ETC) data is used to calculate the MTF.  The squared ETC data is 

recognized to be precisely the energy of the envelope of the system’s impulse response 

with no approximations…this squared ETC data is found to better represent the actual 

system energy decay response and hence yields a more accurate MTF calculation”[6]. 

To measure STI using TDS, a background noise level test is performed, and seven 

ETCs are measured for each octave center frequency between 125 Hz and 8 kHz.  During 

the ETC measurements, the stimulus signal level changes to match the average spectral 

content of speech.  After these measurements are made, the STI score is computed[6].   
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Chapter 3: Simulations 

3.0 INTRODUCTION 

While the concept of using a constant-beamwidth, wide-bandwidth loudspeaker 

array to improve speech intelligibility has been discussed, and the advantages of a high-Q 

array are apparent, the optimum beam pattern for said array had to be developed through 

acoustic modeling.  Physical constraints existed that dictated the size of the array and the 

minimum inter-element spacing.  These constraints dictated the range of beam patterns 

that could be implemented once the prediction stage was complete.  A model was 

developed in CATT-Acoustic, a room acoustics simulation software package, and various 

beam patterns were evaluated for their impact on speech intelligibility. 

The simulations were carried out using CATT-Acoustic v8.0 prediction software.  

CATT-Acoustic was written by Bengt-Inge Dalenbäck, Ph.D. and is widely recognized as 

an industry standard for room acoustics prediction.  CATT-Acoustic predictions are 

based on ray tracing, randomized tail-corrected cone-tracing (RTC), and the image source 

method(ISM).  RTC was developed for CATT-Acoustics and combines ray tracing, cone 

tracing, and ISM[1]. 

Through the simulations, it was determined that an array with a narrow vertical 

beam and a wide horizontal beam performed the best in the chosen rooms.  This was 

determined by the audience seating area and the height of the listeners’ heads.  Because 

the vertical distribution of the listeners’ heads was small, a narrow vertical beam pattern 

was required to cover the audience.  For complete audience coverage with one array, a 

wider horizontal beam pattern was required.  The horizontal beam pattern was designed 

so that it covered the entire audience plane and reduced the lateral energy striking the 

side walls.   The resulting half-power beamwidth, θHP, for the horizontal axis was 48° and 
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the θHP for the vertical axis was 20°.  A detailed discussion on the array’s development 

and design procedures is given in Chapter 5. 

Once the array’s beam pattern was determined, it was compared against the beam 

pattern of a typical loudspeaker.  The performance, as calculated by CATT-Acoustic, of 

both sources was compared at various listening locations in the selected rooms.  The 

metrics used to evaluate the performance were the Distinctiveness (Deutlichkeit) Ratio 

(D50), the Lateral Energy Fraction (LF), and the Speech Transmission Index (STI); all 

relate to speech intelligibility.  RT60 was not used as a metric in the simulation because it 

is calculated by the software in a manner so that it does not change with the Q of the 

source.  Measured changes in RT60 are discussed in Chapter 6.  This chapter considers the 

effects of a constant-beamwidth, wide-bandwidth array on the speech intelligibility in 

two rooms.  It will be shown that while the array benefits listeners in both rooms, the 

benefits from the array are greater in the larger of the two rooms. 

3.1 ROOM ACOUSTICS METRICS    

A common measure of the D/R is D50 which is the ratio of the sound arriving in 

the first 50 ms after the direct sound compared to the total sound arriving[2].  The 

equation for D50 is shown in Equation 3.1. 

 

(3.1) 

 

 

D50 is be used throughout this analysis as a gauge of the D/R.  As an aside, the Clarity 

Factor (C50) is a closely related term that is often used in the literature and measures the 

same metric in a dB scale. 
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The Lateral Energy Fraction (LF) is a method of examining the amount of lateral 

energy arriving at the listening location.  It is “the ratio of the output of a figure-8 

microphone (with its null direction aimed at the source) to the output of a non-directional 

microphone.  The figure-8 microphone weights the non-direct energy by cos2 θ, where θ 

= 90° is in the direction of the sound”[2].  The equation for LF is given as Equation 3.2. 

 

 (3.2) 

 

  

Lateral reflections are not necessarily detrimental to speech intelligibility and can 

contribute to improved speech intelligibility if they arrive soon after the direct sound[3-

6].  LF helps to determine the arrival direction of the reflections. 

The last metric used is STI, which was presented in Chapter 2.  STI scores vary 

from 0.0 to 1.0 (0% to 100%) with the higher scores representing improved speech 

intelligibility. 

3.2 ROOM SELECTION 

Two rooms were selected for modeling and testing the array.  The first room was 

the Family Life Center (FLC) at St. John’s United Methodist Church in Austin, Texas.  

The FLC represents a medium-sized multi-use room.  The second room was a large 

gymnasium, Belmont Hall Room 528 (BH) at The University of Texas at Austin.  The 

BH gymnasium represents a larger room with higher reverberation times and a greater 

challenge for speech intelligibility.  To validate the models’ accuracy, initial 

measurements of the rooms’ characteristics were made using a single loudspeaker source 

and a Techron TEF 20 analyzer.  These measurements were compared to simulations in 

each model for accuracy before the array and typical PA sources were simulated. 
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3.2.1 Family Life Center 

The FLC was the first room selected for simulating and testing the array.  The 

FLC is a multi-purpose room that is used for basketball, Sunday school classes, banquets, 

and meetings.  It has a volume of 1,344 m3 with a 224 m2 floor.  The surfaces of the room 

consist of a linoleum floor, cinder block walls, steel beams, large windows, and an 

acoustical tile ceiling, none of which, except the ceiling, offer much absorption. The FLC 

has an average RT60 of 1.77 seconds using a single loudspeaker as a source. The model of 

the FLC is shown in Figure 3.1 

 

 

Figure 3.1: Overview of the Family Life Center 
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The numbered locations in Figure 3.1 represent the testing locations on the 

audience plane.  A total of 35 test locations were used in the analysis, and they 

correspond to the microphone locations used in the verification stage.  The source 

location is represented in Figure 3.1 as A0, which is located near test location 33.  These 

locations and their designations are referred to throughout the discussion of the FLC. 

Some of the surfaces in the FLC were modeled in CATT-Acoustic using 

absorption coefficients included with CATT-Acoustic.  Other surfaces used absorption 

coefficients from Beranek and Egan[3, 4].  The values used in the model are shown in 

Table 3.1. 

 
  Absorption Coefficient   

Material 125 250 500 1k 2k 4k 8k 16k Source 
Flooring 2 3 3 3 3 3 3 3 Beranek 
Concrete Block 11 8 7 6 5 5 5 5 Beranek 
Sheet Rock Walls 28 12 10 17 13 9 5 1 Beranek 
Steel Columns 5 10 10 10 7 2 0.1 0.1 Egan 
Metal Door 14 10 6 8 7 2 0.1 0.1 CATT 
Metal Panel 34 13 8.5 6.3 4 3.5 3 2.5 CATT 
Window (Double Pane) 15 5 3 3 2 2 2 2 CATT 
Acoustic Tile 76 93 83 99 99 94 89 84 Egan 

Table 3.1: Material Data for the Family Life Center 

3.2.2 Belmont Hall 

The second room, BH, was much larger than the FLC and is representative of 

larger multi-purpose rooms with higher RT60 values and lower speech intelligibility.  BH 

has a volume of 7,363 m3 with a 536 m2 floor.  The room has a rubber floor, concrete 

block walls, and a concrete ceiling.  It has an average RT60 of 5.42 seconds using a single 

loudspeaker as a source.  The modeled representation of Belmont Hall is shown in Figure 

3.2. Again the source is designated by the marker A0 and the testing locations are 
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designated 1 to 15.  Note that during the testing procedure, discussed in Chapter 7, 

measurements were taken only at locations 1 to 10 due to room symmetry.   

 

Figure 3.2: Overview of Belmont Hall Room 528 

For the simulations in BH, only two materials were modeled for the surfaces.  The 

floor was modeled as rubber flooring, and the walls and ceiling were modeled as concrete 

block with absorption coefficients taken from Beranek[3].  The absorption coefficients 

for these materials are shown in Table 3.2 
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  Absorption Coefficient   
Material 125 250 500 1k 2k 4k 8k 16k Source 
Rubber Flooring 4 4 8 12 10 10 10 10 Beranek 
Concrete Block 11 8 7 6 5 5 5 5 Beranek 

Table 3.2: Material Data for Belmont Hall 

3.3 SOUND SOURCE SPECIFICATIONS 

Two sources, the array and a typical PA source, were used in each simulation.  

During the simulations, the level of each source was 65 dB at 1 kHz at test location 18 for 

the FLC and test location 3 for BH. 

  The directivity pattern for the typical PA source represents the directivity of a 

typical loudspeaker used in sound reinforcement applications.  It is characterized by axis-

symmetric near-hemispherical radiation between 125 Hz and 2 kHz.  Above 2 kHz, the 

main lobe narrows with increasing frequency.  The directivity information from CATT-

Acoustic is shown in Figure 3.3.  Note that the horizontal and vertical patterns are the 

same. 
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Figure 3.3 Polar Patterns for Typical PA Source 

The array’s directivity pattern for simulations is shown in Figure 3.4.  For the 

simulated array, the directivity patterns for each octave were the same and intended to be 

an optimal representation of the array’s capabilities.  A thorough discussion of the array’s 

directivity patterns is given in Chapter 5.  During the implementation process, the 

directivity pattern was kept constant only from 500 Hz to 4 kHz because of physical 

limitations and the important contribution of these bands to speech intelligibility.   
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Figure 3.4: Polar Pattern for Array (Horizontal θHP = 48° and Vertical θHP = 20°) 

3.4 SIMULATIONS 

This section shows the results of the simulations conducted with CATT-Acoustic.  

The simulations for each room were carried out with the source at two different heights at 

a single location.  The heights were 5 feet (1.52 m) and 8 feet (2.44 m) and are referred to 

as lowered and raised, respectively.   Simulations were conducted with both the typical 

PA source and array in each position.  In the lowered position, the sources were aimed at 

a point in the center of the room at the source height, and while in the raised position, the 

sources were aimed at a point in the center of the room 1.52 m above the floor. 
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3.4.1 Family Life Center Simulations – Lowered Position 

The first simulations were run in the FLC at the lower position.  Directivity 

contours for each position are shown in Figure 3.5 and 3.6.  The -3 dB contours for the 

typical PA source, shown in Figure 3.5, reveal the effect of the frequency-dependent 

beam pattern on room coverage.  

 

Figure 3.5: Directivity Contours for Typical PA (FLC Lowered) 

By examining the directivity contours for the array in Figure 3.6, the effect of a 

constant beam pattern is shown because all of the -3 dB contours overlap.  Also, it should 

be noted that the beam pattern is focused more on the audience and less energy is directed 

to the areas not occupied by listeners (i.e. the space above the audience). 
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Figure 3.6: Directivity Contours for Array (FLC Lowered) 

3.4.1.1 D50 Results (FLC Lowered) 

The D50 results for the typical PA source (A0) in the lower position in the FLC 

(Figure 3.7) show that a higher percentage of direct sound occurs closer to the source and 

decreases as the distance from the source increases.  The lowest D50 results appear at 

locations 1 to 20 with the lowest D50 values appearing near the side walls.  
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Figure 3.7: D50 for Typical PA (FLC Lowered) 

Figure 3.8 shows the D50 values at each numbered test location by frequency.  

Note that test location 33 corresponds with the source location and the data at that point is 

not valid.  Test locations 31 to 35 are not included in any statistical analysis of the FLC 

results because they are on the same plane as the source or at the source location and are 

not considered typical listening locations.   
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Figure 3.8: D50 Trend for Typical PA (FLC Lowered) 

For the typical PA source in the lowered position, the D50 Sum statistics at test 

locations 1 to 30 are as follows: Max = 84.3%, Min = 49.9%, Mean = 59.72%, and the 

Standard Deviation (s) = 9.43%.  Test locations 1 to 20 represent the back half of the 

room and the statistical data for those locations are as follows: Max = 63.6%, Min = 

49.9%, Mean = 53.94%, and s = 3.6%. 

The D50 values for the array are presented in the same manner as those for the 

typical PA source and are shown in Figures 3.9 and 3.10.  The D50 values for the array 

fall into a similar range as those of the typical PA source, but there is a more even 

distribution of higher values for the array, which can be seen by comparing Figure 3.7 

with Figure 3.9.   
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Figure 3.9: D50 for Array (FLC Lower) 

Figure 3.10 shows the D50 values by frequency at each test location just like 

Figure 3.8.  From a comparison of Figure 3.8 and Figure 3.10, it can be seen that the 

values for D50 are higher and therefore, better for the array than for the typical PA 

source.  Also note that the deviation in D50 values between frequency bands is greatly 

reduced for the array.  This can be attributed to the constant-beamwidth nature of the 

array. 
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Figure 3.10: D50 Trend for Array (FLC Lowered) 

The statistical data for D50 Sum over test locations 1 to 30 is as follows: Max = 

91.4%, Min = 57%, Mean = 68.61%, and s = 8.14%.  The same statistic for test locations 

1 to 20 is as follows: Max = 73.2%, Min = 57%, Mean = 65.69%, and s = 3.81%. 

When the D50 Sum statistical data is compared for the typical PA source and for 

the array, an increase in D50 performance for the array is revealed.  The mean difference 

for test locations 1 to 30 is 8.89% and for locations 1 to 20 is 11.75%.  This difference 

shows that the array increases the value of D50 by 11.75% for the back half of the room, 

showing that the array lowers the D/R as intended which is an improvement.  

3.4.1.2 LF Results (FLC Lowered) 

The LF results for the lowered position in the FLC show improved direct-field 

coverage for the test locations.  By comparing Figures 3.11 and 3.12, it is apparent that 

the array delivers a higher percentage of direct sound to the listening locations than the 
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typical PA source.  Because LF is calculated based on a figure-8 microphone pattern with 

the null pointed at the source, it reveals the strength of the reflections off the side walls.  

The typical PA source produces more lateral energy than the array. The LF values for 

either source never exceeded 33.3 % in the FLC audience area. 

 

Figure 3.11: LF for Typical PA (FLC Lowered) 
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Figure 3.12: LF for Array (FLC Lowered) 

For the typical PA source, the statistical data for LF Sum over test locations 1 to 

30 is as follows: Max = 33.3%, Min = 3.5%, Mean = 20.11%, and s = 8.34%.  The 

array’s statistical data over the same locations is: Max = 25.9%, Min = 1.6%, Mean = 

14.11%, and s = 6.97%.  This shows a mean decrease in lateral energy of 6% for the 

array, which is expected given its controlled beam pattern.  In the back half of the room 

(locations 1 to 20), the typical PA source has the following statistical data: Max = 33.3%, 

Min = 18.1%, Mean = 24.16%, and s = 3.96%.  Over the same test locations the array’s 

statistical data is: Max = 25.3%, Min = 7.7%, Mean = 17.57%, and s = 4.04%.  This 

shows a similar mean decrease in lateral energy of 6.59%. 

3.4.1.3 STI Results (FLC Lowered) 

The simulations for STI show a more even distribution of values across the 

audience plane for the array, but they do not show significant changes in the mean values 
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over the entire audience.  Figure 3.13 shows the distribution of STI scores for the typical 

PA source.   

 

Figure 3.13: STI Scores for Typical PA (FLC Lowered) 

The lowest STI scores (shown in shades of blue) for the typical PA source occur 

along the side walls.  The lower values in these locations follow the trend of lower D50 

values in the same locations.  The cluster of higher STI values in the center rear of the 

room can be attributed to the reflections off the back wall that arrive soon after the direct 

sound. 

Figure 3.14 shows the STI scores at the test locations.  Again locations 31 to 35 

are discounted in the statistical analysis.  For test locations 1 to 30 the statistical data for 

the STI scores is as follows: Max = 72.8%, Min = 54.9%, Mean = 60.63%, and s = 

3.91%.  For the back of the room (locations 1 to 20), the statistical data is: Max = 66.3%, 

Min = 54.9%, Mean = 59.69%, and s = 3.06%. 
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Figure 3.14: STI Scores at Test Locations for Typical PA (FLC Lowered) 

The STI scores for the array in the lowered location are shown in Figure 3.15 

where horizontal axis, R#, denotes the test location and the vertical axis represents the 

STI score as a percentage. These representations are used throughout this chapter.  This 

figure shows a more even distribution of STI scores than those shown in Figure 3.13, 

especially along the side walls.  The increased values along the side walls can be 

attributed to the array’s wider beam pattern and the fact that it is not frequency dependent 

like that of the typical PA source. 
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Figure 3.15: STI Scores for Array (FLC Lowered) 

  For locations 7-9 and 12-14 the STI values are not changed greatly between the 

array and the typical PA source.  In these locations the array exhibits a slight increase in 

D50 values that should increase the STI scores, but it has lower LF values.  The typical 

PA source has higher LF values in these regions which enhance the speech signal and 

increase STI despite the lower D50 values.  This trade off between D50 and LF results in 

a near zero sum gain for locations 7-9 and 12-14.   

Figure 3.16 shows the STI values at the test locations.  For locations 1 to 30, the 

statistical data is as follows: Max = 72.2%, Min = 59.1%, Mean = 62.37%, and s = 

3.23%.  This represents a mean increase in STI scores for the array of 1.74%.  For the 

back half of the room (locations 1 to 20), the statistical data is: Max = 65.9%, Min = 

59.4%, Mean = 61.52%, and s = 1.73%.  The mean increase for the array here is 1.83%.  

For both test locations sets, the mean difference in STI scores is not significant.  
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However, the increased STI scores along the side walls show how the array’s constant 

beamwidth improves audience coverage. 

 

 

Figure 3.16: STI Scores at Test Locations for Array (FLC Lowered) 

3.4.2 Family Life Center Simulations – Raised Position 

The simulations that were discussed in section 5.1 were repeated with array and 

typical PA source in the raised position.  The directivity contours for each source in the 

raised position are shown in Figures 3.17 and 3.18.  
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Figure 3.17: Directivity Contours for Typical PA (FLC Raised) 

 

The typical PA source displays frequency-dependent directivity contours while the array 

maintains the same directivity contours over all octaves.  Additionally, the array’s beam 

pattern displays a more controlled coverage pattern over the audience plane than the 

typical PA source. 
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Figure 3.18: Directivity Contours for Array (FLC Raised) 

3.4.2.1 D50 Results (FLC Raised) 

The D50 values for the typical PA source in the raised position are similar to 

those for the same source in the lowered position.  Test locations 1 through 20 have lower 

D50 values than the locations closer to the source.  This indicates that a lower D/R exists 

in the back half of the room when a typical PA source is used. 
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Figure 3.19: D50 for Typical PA (FLC Raised) 

Figure 3.20 shows the D50 values for each test location.  The statistical values for 

D50 Sum over test locations 1 to 30 are as follows: Max = 77.2%, Min = 45.9%, Mean = 

57.85%, and s = 8.63%, while at test locations 1 to 20, the statistical data for D50 Sum is: 

Max = 60.3%, Min = 45.9%, Mean = 52.55%, and s = 3.22.   
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Figure 3.20: D50 Trend for Typical PA (FLC Raised) 

The array returns similar D50 values to those it made in the lowered position.  A 

similar trend can be seen in Figure 3.21 where an even distribution of D50 values over 

test locations 1 to 30 is evident.  
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Figure 3.21: D50 for Array (FLC Raised) 

Figure 3.22 shows the D50 data for the individual test locations.  The statistical 

data for D50 Sum for the array in the raised position over test locations 1 to 30 is as 

follows: Max = 82.7%, Min = 24.9%, Mean = 62.84%, and s = 9.97.  Over these 

locations the array has a mean value increase of 4.99%.  For locations 1 to 20, the 

statistical data is: Max = 71.3%, Min = 51.9%, Mean = 64.12%, and s = 4.2.  This 

represents a mean value increase of 11.57% for D50 Sum in the back of the room.  

Clearly, the array increases the D/R field in the back of the room, which is good. 

Similar to the situation with the sources in the lower positions, the lowest values 

for the typical PA source occur nearer the side walls.  Again this is representative of the 

beam pattern of the typical PA source and the fact that it is frequency dependent. 
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Figure 3.22: D50 Trend for Array (FLC Raised) 

3.4.2.2 LF Results (FLC Raised) 

The LF results for both sources in the raised position support the fact that the 

array increases the D/R for audience especially for those listeners seated in the back of 

the room.  Figure 3.23 shows the LF results over the audience plane for the typical PA 

source.  When compared to the LF values for the array (shown in Figure 3.24), higher LF 

values are observed for the typical PA source.   
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Figure 3.23: LF for Typical PA (FLC Raised) 

 

Figure 3.24: LF for Array (FLC Raised) 
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Analysis of the statistical data for LF provides further evidence that the array is 

increasing the D/R over the audience plane as desired.  For the typical PA source, the 

statistical data for LF over test locations 1 to 30 is as follows: Max = 37%, Min = 3.8%, 

Mean = 21.37%, and s = 7.96%.   The same statistical data for the array is:  Max = 

44.8%, Min = 4.3%, Mean = 17.09%, and s = 7.04%.  This represents a mean decrease in 

LF of 4.28% for the array.  In the back half of the room (test locations 1 to 20), the trend 

is similar.  For the typical PA source the data is: Max = 32.6%, Min = 20%, Mean = 

24.53%, and s = 3.67, while for the array, the data is: Max = 25.3%, Min = 8.5%, Mean = 

17.96%, and s = 4.1.  Again the array exhibits a mean decrease in LF – this time by 

6.52%. 

3.4.2.3 STI Results (FLC Raised) 

The STI scores for both sources in the raised position follow a similar trend to 

those for each source in the lowered position.  The typical PA source has a STI score 

pattern (shown in Figure 3.25) that follows its beam pattern.  Again, the lowest results for 

the typical PA source are along the side walls. 
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Figure 3.25: STI Scores for Typical PA (FLC Raised) 

Figure 3.26 shows the STI scores over the test locations.  The statistical data for 

the STI scores over test locations 1 to 30 is as follows: Max = 64%, Min = 53.9%, Mean 

= 59.17%, and s = 2.49%.  For test locations 1 to 20, the statistics are as follow: Max = 

64%, Min = 53.9%, Mean = 58.69%, and s = 2.46.  Here most of the scores fall into the 

fair/good range. 
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Figure 3.26: STI Scores at Test Locations for Typical PA (FLC Raised) 

For the array, the STI scores are shown in Figure 3.27.  Notice that the scores are 

better along the side walls than those for the typical PA source.  However, the areas 

toward the center of the room are relatively unchanged.  A trade off between increased 

D50 and decreased LF seems to offset both in regards to STI.   
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Figure 3.27: STI Scores for Array (FLC Raised) 

The STI scores at the test locations (Figure 3.28) show little change from those 

for the typical PA source.  The statistical analysis of the STI data over test locations 

shows the following: Max = 68.7%, Min = 57.6%, Mean = 61.54%, and s = 2.93%.  The 

resulting mean value difference is a negligible 0.76% increase for the array.  The same 

analysis over test locations 1 to 20 results in the following: Max = 65.2%, Min = 57.6%, 

Mean = 60.78%, and s = 2.27.  There is a small increase in the mean value for the array 

of 2.09%. 
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Figure 3.28: STI Scores at Test Locations for Array (FLC Raised) 

3.4.3 Belmont Hall Simulation – Lowered Position 

The first set of simulations run for BH was in the lowered position.  Directivity 

contours for the typical PA source are shown in Figure 3.29.  The frequency dependence 

of the contours is evident.  The array’s directivity contours are shown in Figure 3.30.  

The focus on the audience is much more obvious in this larger room as compared to the 

FLC.  The directivity contours for the array overlap because they are all the same. 
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Figure 3.29: Directivity Contours for Typical PA (BH Lowered) 
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Figure 3.30: Directivity Contours for Array (BH Lowered) 

3.4.3.1 D50 Results (BH Lowered) 

The D50 results for the typical PA source are considerably lower on average in 

BH than in the FLC.  This is a result of the increase in room volume and resulting 

increase in RT60 in BH over the FLC.  It is apparent from Figure 3.31 that the D50 values 

are less than 10% over a large portion of the room.  D50 decreases quickly as the 

listening position moves away from the source, a trend that is evident in Figure 3.31. 
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Figure 3.31: D50 for Typical PA (BH Lowered) 

Figure 3.32 shows the values for D50 at the test locations.  Over all of the test 

locations, the statistical values for D50 Sum are as follow: Max = 36.4%, Min = 7.7%, 

Mean = 15.35%, and s = 8.56%.  For the back half of the room (test locations 3-5, 8-10, 

and 13-15), the statistical data is: Max = 14.5%, Min = 7.7%, Mean = 9.92%, and s = 

2.53. 
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Figure 3.32: D50 Trend for Typical PA (BH Lowered) 

The D50 values for the array (Figure 3.33) show an improvement over those seen 

for the typical PA source.  The array’s D50 values are higher than those for the typical 

PA source and have an even distribution over the audience plane.  The highest values are 

near the source and outline the array’s beam pattern. 
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Figure 3.33: D50 for Array (BH Lowered) 

The numerical results for D50 over the test locations are shown in Figure 3.34.  

For all of the test locations, the statistical data for D50 Sum is as follows: Max = 74.5%, 

Min = 34.3%, Mean = 44.09%, and s = 10.48.  This represents a mean increase in D50 of 

28.74% for the array.  For the back half of the room (test locations 3-5, 8-10, and 13-15) 

the statistical data is: Max = 44.5%, Min = 34.3%, Mean = 37.94%, and s = 3.7.  Again, 

the array’s mean D50 value is increased over the typical PA source, which is an 

improvement.  This time the mean difference is 28.02%, a significant increase in the D/R 

when using the array.   
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Figure 3.34: D50 Trend for Array (BH Lowered) 

The improvements in D50 exhibited by the array in BH are much greater than 

those found in the FLC.  The reason for this difference stems from the controlled beam 

pattern of the array.  The array simply does not excite the upper portions of the room like 

the typical PA source.  As will be shown in section 5.3.2, the array does show a decrease 

in LF as well but the percentage difference is not nearly as great as that for D50.  Thus, 

the reductions in D50 are not primarily a result of lateral energy but rather energy from 

the upper portions of the room. 

3.4.3.2 LF Results (BH Lowered) 

The results for LF for the typical PA source and the array are shown in Figures 

3.35 and 3.36, respectively.  A general trend of increased LF for the typical PA source 

occurs in the portion of the room nearest to the source.  In the areas farther from the 
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source the values for LF are much closer.  This trend deviates from that shown by D50 

where there is a significant difference as the distance from the source increases. 

 

Figure 3.35: LF for Typical PA (BH Lowered) 
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Figure 3.36: LF for Array (BH Lowered) 

An analysis of the statistical data for LF confirms the previous observation. For 

the typical PA source at test locations 1 to 15, the statistical data is as follows: Max = 

31.5%, Min = 14.10%, Mean = 24.05%, and s = 5.45.  For the array across the same test 

locations, the statistical data is: Max = 24.4%, Min = 6.5%, Mean = 17.66%, and s = 

4.63%.   The array reduces the mean value by 6.39%.  This change is not as dramatic as 

the change in D50.  For the back half of the room (test locations (3-5, 8-10, and 13-15), 

the statistical data for the typical PA source is as follows: Max = 30.9%, Min = 14.1%, 

Mean = 23.6%, and s = 5.16%.  For the array, the data is: Max = 24.4%, Min = 14.6%, 

Mean = 19.33%, and s = 3.81.  The array reduces the value for LF but only by 4.27%, 

which is much less than the difference in D50. 
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3.4.3.3 STI Results (BH Lowered) 

The STI results for the lowered position in BH show that the array improves the 

STI scores across the audience plane and that STI is more consistent over the listening 

positions with the array. 

For the typical PA source in the lowered position, the STI values tend to be the 

best near the source.  As the distance from the source increases, the values are highest 

along the middle axis of the room, and they decrease with distance until the reflection off 

the rear wall helps to increase the values.  The locations along the side walls are lower as 

they fall outside the source’s main beam.  This trend is shown in Figure 3.37. 

 

Figure 3.37: STI Scores for Typical PA (BH Lowered) 

Figure 3.38 shows the STI values for the test locations in BH.  All of the 

locations, except 1 and 2, fall within the poor range for intelligibility. The statistical 

analysis of STI over all of the receivers results in the following: Max = 59.5%, Min = 
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34.1%, Mean = 39.7%, and s = 6.41.  For the back half of the room (test locations 3-5, 8-

10, and 13-15), the follow data results: Max = 40.4%, Min = 34.1%, Mean = 36.96%, and  

s = 2.03.  The mean values for both sets of data fall within the poor category for speech 

intelligibility.   

 

 

Figure 3.38: STI Scores at Test Locations for Typical PA (BH Lowered) 

The STI simulation results for the array demonstrate a general improvement in 

speech intelligibility in BH.  Figure 3.39 shows that the array provides a more consistent 

STI score distribution than the typical PA source.     
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Figure 3.39: STI Scores for Array (BH Lowered) 

 

Figure 3.40: STI Scores at Test Locations for Array (BH Lowered) 
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The STI scores at the BH test locations (Figure 3.40) show that the array increases 

the overall speech intelligibility in the room from poor to fair.  The only poor locations 

when using the array are in the back of the room.  The statistical analysis of STI for the 

array reveals the following for all of the test locations: Max = 66.5%, Min = 42.3%, 

Mean = 48.36%, and s = 6.1 %.  The array results in a mean value increase in STI of 

8.66%  When only the back half of the room is considered, the statistical data is as 

follows: Max = 48.3%, Min = 42.3%, Mean = 44.86%, and s = 2.12%.  An increase in 

mean STI scores of 7.9% results from using the array rather than a typical PA source.   

3.4.4 Belmont Hall Simulation – Raised Position 

The results for the array in the raised position in BH are comparable to those in 

the lowered position.  The array outperforms the typical PA source.  The directivity 

contours for each source in the raised position are shown in Figures 3.41 and 3.42.  They 

are quite similar to those for the lowered position.  Again the array’s main beam is 

directed at the audience while the typical PA source has a frequency-dependent coverage 

pattern and excites larger portions of the room. 
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Figure 3.41: Directivity Contours for Typical PA (BH Raised) 
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Figure 3.42: Directivity Contours for Array (BH Raised) 

3.4.4.1 D50 Results (BH Raised) 

The D50 simulations for the typical PA source (Figure 3.43) show improvements 

over those for the lowered position.  The highest D50 values still occur nearest to the 

source, but the values are increased for those areas farthest from the source.  
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Figure 3.43: D50 for Typical PA (BH Raised) 

Figure 3.44 shows the D50 values for each test location.  The statistical features 

of the D50 Sum data over test locations 1 to 15 are as follows: Max = 33.8%, Min = 

7.6%, Mean = 14.58%, and s = 7.92%.  For test locations 3-5, 8-10, and 13-15 the 

statistical data is: Max = 13.2%, Min = 7.6%, Mean = 9.72%, and s = 1.99%.    The 

decrease in the mean in the back of the room follows the trend observed when the source 

was in the lowered position. 
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Figure 3.44: D50 Trend for Typical PA (BH Raised) 

When the array is used in the raised position, the values for D50 follow a similar 

trend as those which occur when the array in used in the lower position.  An even 

distribution results over the audience plane.  These results are shown in Figure 3.45. 
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Figure 3.45: D50 for Array (BH Raised) 

 

Figure 3.46: D50 Trend for Array (BH Raised) 
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Figure 3.46 shows the values of D50 for each test location.  For test locations 1 to 

15, the data for D50 Sum is as follows: Max = 72.7%, Min = 33.6%, Mean = 43.29%, 

and s = 10.33%.  The mean difference is an increase in D50 Sum 28.71% when the array 

is used.  This increase is almost identical to the one observed in the lowered position.  

For test locations 3-5, 8-10, and 13-15, the data is: Max = 43.3%, Min = 36.60%, 

Mean = 37.06%, and s = 3.56.  The mean increase here is 27.34% for the array, a similar 

result to that obtained in the lowered position. 

3.4.4.2 LF Results (BH Raised) 

The results for LF are similar to those for the lowered position.  The typical PA 

source exhibits higher LF values than the array in front of the source. As the distance 

from the source increases the values are similar for the array and the typical PA source.  

These trends can be seen in Figures 3.47 and 3.48. 

 

Figure 3.47: LF for Typical PA (BH Raised) 
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Figure 3.48: LF for Array (BH Raised) 

Statistical analysis of the values for LF across all of the test locations for the 

typical PA source reveals the following: Max = 28.3%, Min = 14.8%, Mean = 23.54%, 

and s = 3.83%.  The same analysis for the array results in the following: Max = 23.8%, 

Min = 5.8%, Mean = 17.53%, and s = 5.11%.  With the array as the source, the mean 

value of LF decreased 6.01%.  This difference is not as dramatic as that for D50 which 

helps to confirm that the array is not exciting the upper areas of the room. 

When only the back portion of the room (test locations 3-5, 8-10, and13-15) are 

considered, the typical PA source’s statistical data for D50 Sum is: Max = 28.1%, Min = 

14.8%, Mean = 23.16%, and s = 4.17%.  The array’s data for the same locations is: Max 

= 23.8%, Min = 13.7%, Mean = 19.38%, and s = 4.02.  A mean value decrease of 3.78% 

is found for the array.  
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3.4.4.3 STI Results (BH Raised) 

The STI results for the typical PA source and the array in the raised position 

resemble those for the lowered position.  The higher STI values in the proximity of each 

source decrease due to the sources’ increased height.  The array provides more consistent 

coverage when compared to the typical PA source.  Figure 3.49 shows the results for the 

typical PA source.  The coverage pattern is similar to the one when the source is lower. 

 

Figure 3.49: STI Scores for Typical PA (BH Raised) 

Figure 3.50 shows the STI values for each test location.  Statistical analysis of the STI 

values for all of the test locations reveals the following: Max = 58%, Min = 34.7%, Mean 

= 29.25%, and s = 6.1%.  When examining only the back half of the room, the statistical 

data is: Max = 40.3%, Min = 34.7%, Mean = 36.82%, and s = 1.91%. 
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Figure 3.50: STI Scores at Test Locations for Typical PA (BH Raised) 

The simulation for the array in the raised position in BH shows an even 

distribution of STI scores.  While most of the STI scores for the typical PA source were 

in the poor region, most of the scores for the array fall in the fair region.  The trend of 

STI values for the array is shown in Figure 3.51. 
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Figure 3.51: STI Scores for Array (BH Raised) 

Again the STI data for each test location is presented (Figure 3.52).  Statistical 

analysis was performed and the results over all of the test locations are as follow: Max = 

65.4%, Min = 41.6%, Mean = 48.1%, and s = 5.96%.  The array gives an 11.28% 

increase in the mean value of the STI scores in the room.  When only the back half of the 

room is considered, the statistical data is: Max = 48.4%, Min = 41.6%, Mean = 44.63%, 

and s = 2.28%.  The mean value increases in the back half of the room by 7.81% when 

the array is used. 
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Figure 3.52: STI Scores at Test Locations for Array (BH Raised) 

3.5 Conclusion 

After comparing the array and the typical PA source at the various positions in 

each room, the overall effect of the array can be summarized.  In both rooms the array 

provides more consistent coverage and results.  In the FLC, the results are not as 

substantial as those seen in BH.  The reason for this disparity is that the RT60 time in the 

FLC is not extremely high.  These improvements in the FLC stem more from an 

increased signal-to-noise ratio (S/N) than from a reduction in RT60.  The array has a 

broader, constant coverage pattern and therefore increases the S/N over the entire 

audience plane.  The typical PA source does not provide a constant increase across the 

entire audience plane, which accounts for the lower STI results near the side walls. 

The larger room in BH highlights the benefits of the array over a typical PA 

source.  The increased S/N of both sources improves STI in BH, but the significant 
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differences in D50 show that increasing the D/R increases STI in large rooms.  

Additionally, the typical PA source excites the upper portion of BH to a greater extent 

that the array.  The energy cast into the upper portion of BH reduces D50 and lowers STI.  

Thus, the array is most effective in larger rooms with higher RT60 times but it does 

provide a slight advantage when used in rooms with relatively lower RT60 times.   

The accuracy of the simulations is determined by acoustic measurements in the 

two rooms.  The results of these measurements are presented in Chapter 6. 
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Chapter 4: Array Theory 

4.0 ARRAY THEORY 

Before linear array superposition and crossed arrays can be discussed, the 

fundamental theory of array directivity should be reviewed.  A brief discussion of a 

broadside array and its directivity function is appropriate.  The broadside array 

considered here is one that is unshaded and contains uniformly spaced, homogenous 

elements.  An unshaded array is one for which all elements have an equal amplitude.  

Conversely, a shaded array contains elements with different amplitudes[1, 2].  Shaded 

arrays can achieve a roughly constant beamwidth, but that approach is much more 

complicated and presents compromises such as increased component count, required 

equalization for a flat frequency response, and complex filters to achieve a linear phase 

response[3]. 

4.1 BROADSIDE ARRAYS 

The broadside array directivity function, D(θ,f), is derived from basic array theory 

where f is frequency in Hz and θ is the angle in degrees relative to the plane of the array 

with 0° being normal to the plane which is perpendicular to the axis containing the array 

elements.  The distance between the elements is represented by d, and k represents the 

wave number.  A five-element broadside array is shown in Figure 4.1 
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Figure 4.1: A five-element broadside array 

 

and D(θ,f) is represented in Equations 4.1 and 4.2. 

 

    (4.1) 

where 

    (4.2) [4] 

 

It is apparent from Equations 4.1 and 4.2 that the beamwidth of the array varies 

with frequency and that the main lobe narrows as frequency increases.  An example of 

this is shown for f=f0 and 2f0 in Figure 4.2 where N=5, d= λ0/2.  The on-axis responses 

for f0 and 2f0 have been normalized to 0 dB. 
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Figure 4.2: Directivity of a five-element broadside array at fo and 2fo 

 

While the directivity pattern of a broadside array is determined by Equations 4.1 

and 4.2, the characteristic points that show the attributes of the beam pattern for unshaded 

broadside arrays are found with the following equations.  In the following, N represents 

the number of elements in the array, d is the spacing between elements, and λ is 

wavelength. 
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The half-power points, θh, are used to define the beamwidth of the main lobe of 

the array.  The half-power points are found using Equation 4.3 

 

 

  (4.3)[5]  

 

 

 

and the half-power beamwidth is determined by Equation 4.4 

 

          

(4.4)[5]  

 

 

4.2 SUPERPOSITION 

The technique of linear array superposition counters the effect of decreasing main 

lobe beamwidth with increasing frequency.  As previously shown by Equations 4.1 and 

4.2, the directivity function of an N-element, unshaded linear array shows that the 

beamwidth of the array is proportional to wavelength.  Therefore a single linear array 

does not have the desired characteristic of constant beamwidth.  A method to achieve 

constant beamwidth, proposed by Hixson and Au, is through linear array 

superposition[6]. Linear array superposition is attained by designing two arrays with the 

same half-power beamwidth that have center frequencies spaced one octave apart.  The 

first array is designed with a half-power beamwidth, θHP, at the center frequency fc=f0.  

The second array is designed for the same θHP but at fc=2f0.  By separating the center 
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frequencies of each array by an octave, element sharing occurs, which reduces the overall 

number of elements required for the array[3].  Element sharing is not required, and non-

octave frequency differences can be used to achieve constant beamwidth, but the 

efficiency of element superposition is lost.  Figure 4.3 shows how two arrays can be 

combined using superposition where N=3, d= λn/2. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

 

Figure 4.3: Superposing two, three-element arrays 
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From Figure 4.3, it is easy to see that the superposed array consists of five 

elements while the total number of elements in Array 1 and Array 2 are six.  As the 

number of arrays and/or the number of elements, N, increase(s), the savings increase. 

Superposition holds the main beamwidth relatively constant over an octave 

through the use of suitable filters[3] between each base array.  The overall directivity of 

the superposed arrays is a linear, frequency dependent combination of the array’s 

individual directivity functions.  Two design parameters are applied to each array and two 

weighting functions, H1 and H2, can be derived based on each array’s directivity function 

and prescribed half-power beamwidth[3]. 

The design parameters applied to each array are that the amplitude of the on-axis 

and half-power angles be held constant over the octave range of the array.  Equations 4.5 

and 4.6 are the formulas derived from these parameters. The subscript 1 refers to the 

array centered at f0 and subscript 2 refers to the array centered at 2f0 

 

  (4.5)[7]  

 

 (4.6)[7]  

 

In Equations 4.5 and 4.6, D1(f,θ) and D2(f,θ), are the directivities of the individual arrays 

from Equation 4.1. 

Solving Equations 4.5 and 4.6 for H1 and H2 produces the following weighting 

functions: 

   

(4.7)[7]  
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Additionally, 

 

  (4.9)[7] 

 

Figure 4.3: Weighting functions H1 and H2 

 



 92

The weighting functions, H1 and H2, allow the design of filters used to weight 

each array and create constant beamwidth over the octave of interest.  Only one filter is 

needed for each array because of element homogeneity.  The weighting functions govern 

the transfer functions of the required filters to achieve constant beamwidth.  The system 

is fed a time-varying signal, x(t).  This signal is filtered by the appropriate filter and fed 

to its corresponding array.  Therefore the signal sent to array n is x(t)Hn, n = 1,2.  

The concept of superposition and the filter weighting functions can be applied to 

additional octaves to increase the overall bandwidth of the constant beamwidth directivity 

pattern.  Therefore the entire audible range of 20 Hz to 20 kHz could be covered by a 

constant beamwidth with 11 base arrays if octave centers were used. 

4.3 FILTERS 

Previously, analog filters have been used in attempts to achieve constant 

beamwidth using the approach outlined in this chapter[3].  Analog filters can only 

approximate the transfer functions, and their implementation becomes increasingly 

complicated as wider bandwidths are desired.  Linear-phase FIR digital filters proved to 

be a superior approach.  Digital filters can achieve a nearly ideal representation of the 

prescribed transfer functions.  Additionally, the outputs of these filters can be combined 

for array elements that are members of several nested arrays.  A more detailed description 

of the filters used in this study is presented in Chapter 5. 

4.4 CROSSED ARRAY 

Because a single broadside array controls the beam pattern on only one axis and 

the goals of this study required controlling the beam pattern of two axes independently, a 

second array was required.  The axis of the second array was perpendicular to the axis of 

the first.  Therefore the axis of the first array was oriented horizontally to control the 
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horizontal beam pattern, and then the axis of the second array was oriented vertically to 

control the vertical beam pattern.  This configuration is referred to as a crossed array, 

where the center element is common to both arrays. 

The directivity function of the crossed array is a normalized linear combination of 

the directivity pattern of the horizontal, x, and the vertical, y, arrays.  The resulting 

function is shown below as Equations 4.9 and 4.10. 

 

  (4.9) [8] 

 

where 

    (4.10)[8] 

 

The same design methods used on a constant-beamwidth line array apply to the 

design of a crossed array.  However, the crossed array allows increased flexibility by 

allowing two-axis control of the directivity pattern.  Additionally, the number of elements 

in the horizontal and vertical arrays do not need to be the same, which allows a reduced 

number of overall elements and thus, also reduction in complexity and cost if the design 

allows. 

The horizontal and vertical arrays in this study were designed with different beam 

patterns on each axis.  The horizontal array was designed with a wide beam pattern to 

cover the audience, while a narrow beam pattern was use in the vertical array to reduce 

sound radiated above the audience.   

4.5 REAR LOBE CONSIDERATIONS 

By definition, the radiation of a broadside line array is symmetric about the axis 

of the array elements.  A crossed array has symmetric radiation about the plane of the 
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array.  For the crossed array used in this study, radiation symmetry produced two distinct 

main lobes, one facing forward and a second facing rearward, with a 180° phase 

difference.  The rearward radiation was not desired in this study and was minimized.  The 

use of a large enough baffle compared to λ limits the array to hemispherical radiation.  

The resulting directivity pattern and the characteristics of the back lobe will be shown in 

Chapters 5 and 6. 
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Chapter 5:  Array Design and Implementation 

5.0 DESIGN OVERVIEW 

The simulations performed in CATT-Acoustic, the requirements dictated by the 

design methods, and the availability of suitable loudspeakers dictated the system’s 

implementation.  The simulations showed that improved speech intelligibility and broad 

coverage were obtained with a beam pattern that was narrow on the vertical axis and 

broad on the horizontal axis.  They also showed improved intelligibility when the beam 

patterns for the four octaves centered at 500 Hz, 1 kHz, 2 kHz, and 4 kHz were held 

constant. The asymmetric beam patterns prescribed different design parameters for each 

axis.  Three elements per base array were all that were necessary to obtain a required 

beam pattern of θHP=48° for the horizontal axis.  Conversely, the vertical array, with its 

narrow beam pattern of θHP=20°, required five elements per base array. 

Once the loudspeaker requirements were determined, signal processing and 

amplification needed consideration.  To keep the design manageable, minimal numbers 

of amplifier channels and digital filters were used.  After careful analysis, it was 

determined that four filters, corresponding to the four previously mentioned octaves, 

could be used to control both the horizontal and vertical axes.  The availability of a 

suitable 12-channel amplifier also met the requirements  

5.1 SYSTEM DESIGN 

During the simulation process, arrays with constant beamwidth from 20 Hz to 20 

kHz were compared with arrays with constant beamwidth for only a few octaves.  There 

was a marginal difference in the speech intelligibility performance between these two 

designs.  While the performance difference was marginal, the implementation differences 
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were vast.  Among these differences was that much more equipment is needed to 

maintain constant beamwidth across the entire audio range. Every octave requires one 

digital filter, several amplifier channels, and additional loudspeakers.  The overall size is 

also a concern.  As the design frequency decreases, the array size increases – doubling in 

size for the next lower octave.  At high frequencies, loudspeaker size becomes an issue.  

In this case, 1-inch loudspeakers were used for the high-frequency portion of the array.  

With the element-to-element spacing used here, the high-frequency loudspeakers were 

touching each other in the 4-kHz array.  These physical limitations combined with the 

marginal differences in performance contributed to the design having constant beamwidth 

from 500 Hz to 4 kHz.   

Loudspeaker size and performance also contributed to the overall design of the 

system.  To cover the entire range, three types of loudspeakers were used.  This resulted 

in one nested array and two smaller arrays.  A complete system diagram is shown in the 

Figure 5.1. 
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Figure 5.1: Array System Diagram 
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5.2 ARRAY 

The array implemented for this study was a crossed array that featured a 

horizontal-axis array based on three-element base arrays and a vertical-axis array based 

on five-element base arrays.  This configuration resulted in individual control of the 

array’s directivity pattern with respect to each axis.  

The array maintained constant beamwidth between 500 Hz and 4 kHz.  Below 

500 Hz, the main-lobe beamwidth was allowed to increase with decreasing frequency 

because the advantages of constant beamwidth below 500 Hz in relation to speech 

intelligibility decrease[1].  No high-pass filter was used because the response of the 

loudspeakers used in this array begins to roll off at 300 Hz, and the lowest band 

generated by the STI test equipment is 125 Hz[1]. The overall size of the array was also a 

consideration when determining the low-frequency target for constant beamwidth.  For 

each decreasing octave, the size of the array doubles. 

Above 4 kHz, the array’s beamwidth decreased with increasing frequency.  

Constant beamwidth could not be maintained above 4 kHz because the size of the 

loudspeakers became greater than the array’s inter-element spacing.  Also, the upper limit 

to STI testing is 8 kHz, and it is weighted lower than the bands for which constant 

beamwidth it maintained[1].  The high-frequency response was limited to 16 kHz by a 

digital filter. 

5.2.1 Loudspeaker Selection 

The loudspeaker selection was driven by two factors, performance and cost.  The 

final array used 25 loudspeakers, which represented a considerable cost.  Fortunately, 

some of the loudspeakers were donated by JBL, and the others were available in the 

electrical engineering acoustics lab at The University of Texas.  The nested base arrays 

that covered the bottom two octaves, which were centered at 500 Hz and 1 kHz, used JBL 
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2105H loudspeakers.  The 2105H is a 130-mm (5-inch) loudspeaker designed to cover 

300 Hz to 15 kHz.  While the frequency response of the 2105H was adequate for the 

entire bandwidth of the array, the loudspeaker was too large for the spacing required for 

the 2-kHz-centered and 4-kHz-centered base arrays. 

The 2-kHz centered base array used Bose 2-inch loudspeakers that were available 

in the acoustics lab.  The frequency response of the Bose loudspeakers covered the range 

of the 2-kHz-centered and 4-kHz-centered base array, but loudspeaker size and element 

spacing were again issues.  A third loudspeaker was needed for the 4-kHz-centered base 

array.  Here a JBL p25T, 1-inch titanium-dome loudspeaker was used.  The p25T’s size 

met the spacing requirements for the 4-kHz-centered array on the vertical axis and was 

marginally oversized for the horizontal axis, but it did not produce an acceptable output 

below 2 kHz to cover the bandwidth required by the 2-kHz-centered base array.  While 

using separate 2-kHz-centered and 4-kHz-centered base arrays prohibited array nesting 

and increased the number of loudspeakers, it was the best solution for maintaining 

constant beamwidth between 2 kHz and 4 kHz and did not impact the far-field response 

of the array. 

5.2.2 Vertical Array 

The vertical array consisted of four, five-element base arrays.  The desired θHP of 

20° was determined though the CATT-Acoustic simulation performed on the Family Life 

Center.  This narrow beam pattern insured that sound was projected only at the listeners’ 

heads and not at the spaces above or below them.  The base arrays were designed with 

θHP=20° at their respective center frequencies of 500 Hz, 1 kHz, 2 kHz, and 4 kHz.  To 

obtain a narrow main lobe with reduced side lobes, five elements per base array were 

used.  The inter-element spacing, determined by the desired θHP, was 0.5 λ, which 
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resulted in an overall length of 2 λ. The inter-element spacing for each base array was as 

follows: 

 

• 500 Hz - 0.343 m (13.5 in) 

• 1 kHz - 0.1717 m (6.75 in) 

• 2 kHz - 0.08575 m (3.376 in) 

• 4 kHz – 0.04287 m (1.688 in) 

 

The directivity patterns for the five-element base arrays were determined with 

equations 4.1 and 4.2.  The resulting directivity equations are shown as equations 5.1 and 

5.2. 

 

(5.1) 

 

where 

 

(5.2) 

 

The beam patterns, derived from equations 5.1 and 5.2, are shown in Figure 5.2.  

These patterns show the directivity of each base array at its center frequency. 
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Figure 5.2: Directivity of five element, .5 λ spaced base array 

 

The directivity pattern of the vertical array is symmetric about the vertical axis, and given 

no baffle and omni-directional radiation from each element, the pattern would resemble 

Figure 5.3. 
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Figure 5.3: Three-dimensional directivity pattern of five-element vertical array 

5.2.3 Horizontal Array 

The horizontal base arrays were designed in the same manner as the vertical 

arrays but the horizontal arrays had different specifications.  The horizontal beam pattern 

that was determined in CATT-Acoustic called for a broader θHP of 48° so that the array 

could provide wide horizontal coverage.  The broad beamwidth could be obtained with 

fewer elements in each base array than the vertical array, so three elements per base array 

were used.  The inter-element spacing for the horizontal base arrays, determined by the 

desired θHP, was 0.375 λ with an overall array length of 0.75 λ.  
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The inter-element spacing for each base array was as follows: 

 

• 500 Hz - 0.257 m (10.18 in) 

• 1 kHz - 0.1285 m (5.06 in) 

• 2 kHz - 0.06425 m (2.56 in) 

• 4 kHz – 0.03213 m (1.265 in) 

 

The relatively small inter-element spacing for the 4-kHz array, 1.265 inches, 

presented a problem during implementation.  The 1-inch specification for the p25t was 

for the diaphragm and did not include the motor structure or housing.  The overall 

diameter of the “1-inch” loudspeaker was 1.375-inches, which was 0.11 inches too large.  

Therefore, the 4-kHz array on the horizontal axis exceeded its specified length by 0.44 

inches (0.011 m).  This represents a 17.11% error (in air at 20° C) in the overall length of 

the 4-kHz array resulting in a θHP of 43°.  Since no alternative loudspeakers were 

available that could cover the desired bandwidth and meet the size requirements, the 1-

inch loudspeakers were used.  It was believed that the trade off in performance would be 

negligible in regard to speech intelligibility. 

Again, equations 4.1 and 4.2 were used for the directivity patterns of the base 

arrays.  The results are shown below as equations 5.3 and 5.4. 

 

  (5.3) 

 

where 

 

(5.4) 
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The beam patterns, derived from equations 5.3 and 5.4, are shown below.  These 

patterns show the θHP = 48° directivity of each base array at its center frequency. 

 

Figure 5.4:- Directivity of three element, 0.375 λ-spaced base array 

The three-dimensional radiation pattern for the horizontal array is just like that in 

the vertical array except that the radiation is symmetric about the horizontal axis.  The 

three-dimensional radiation pattern for the horizontal array is shown in Figure 5.5. 
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Figure 5.5: Three dimensional directivity pattern of three element horizontal array 

5.2.4 Multiple Octave Crossed Array 

Once the axis-specific arrays were designed, they were combined to form the 

crossed array.  The crossed array maintained the individual configuration of each axis-

specific array except that the center elements were combined.  The resultant array was 

comprised of three crossed arrays – one using the JBL 5-inch loudspeakers, one using the 

Bose 2-inch loudspeakers, and one using the JBL 1-inch loudspeakers. 

The directivity function for the crossed array is a normalized linear combination 

of the individual directivity functions for the horizontal and vertical arrays.  This 

combination was discussed in Chapter 4, and the general equation for the directivity 
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function was given in equations 4.9 and 4.10.  The specific directivity function for the 

crossed array used in this study was derived from equations 4.9 and 4.10 and is given 

below in Equation 5.5 where φx and φy were given previously in equations 5.4 and 5.2, 

respectively.  

 

 (5.5) 

 

The three-dimensional representation of Equation 5.5 is shown in Figure 5.6.  The 

crossed-array directivity function is not symmetrical about either axis as is the individual 

directivity function, but it is symmetric about the x, y, and z planes passing through the 

origin at x, y, z = 0.  For the implementation, a baffle was installed to reduce the rear lobe 

(shown in Figure 5.6 as any value of X>0) and to insure front-only radiation from the 

array. 
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Figure 5.6: Three-dimensional directivity pattern of crossed array 

The baffle was accounted for by placing an exponential decay on Equation 5.5 for 

those values on the back side of the array.  The effect of the baffle on the directivity 

patterns for the horizontal and vertical axes is shown in Figure 5.7. 
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Figure 5.7: Horizontal and vertical directivity accounting for the baffle 

5.2.5 Physical Design and Construction 

The simulations were performed with the array center at a 5-foot and an 8-foot 

elevation.  Therefore height adjustment was required.  The array was built using ½-inch 

plywood with a stand constructed with ¾-inch plywood.  The stand accommodated the 

array at both elevations.  The array’s main structure contained the 500-Hz-centered and 

1-kHz-centered base arrays and served as the baffle for the four base arrays.  

Additionally, each element’s 5-inch loudspeaker had its own enclosure. 

The 2-kHz-centered base array with the seven Bose 2-inch drivers was built with 

a frame of ½-inch wide aluminum channel and was mounted to the baffle close to the 

center 5-inch element.  PVC pipe end caps were used as enclosures for the Bose drivers 

and were attached to the aluminum frame with screws.  The 4-kHz centered array was 
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constructed and mounted in a similar fashion to the 2-kHz-centered array except that the 

1-inch loudspeakers did not require separate enclosures.   

Figure 5.8 shows the array with the center element at the 8-foot elevation.  Figure 

5.9 shows the array in its lower, 4-foot configuration. 

 

Figure 5.8: Array in raised, 8-foot, position 
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Figure 5.9: Array in lower, 5-foot, position 

5.2.6 Model Array  

Polar plots of the array’s beam pattern were needed to confirm the performance of 

the design.  The full-size array was too large to fit in the university’s anechoic chamber 

and obtain accurate results using the facility’s turntable.  To test the array properly, it had 

to be rotated about its horizontal and vertical axes.  It was the rotation about the 

horizontal axis that proved to be too large for the anechoic chamber.  Therefore, a model 

was constructed from which the performance of the full-size array could be interpolated.  
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The model array was the same as the full-size array except that it was missing the bottom, 

500 Hz, octave. The model array is shown in Figure 5.10. 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 5.10: Model array in the anechoic chamber for testing 

The omission of the 500-Hz octave reduced the size by almost one half.  The 

model array measured 34 inches high by 16 inches wide.  This allowed the array to be 

tested in the anechoic chamber.  This testing method was valid because the four 

individual arrays were designed with the same beam patterns and the filters had 

essentially the same transfer functions spaced one octave apart.  The design worked for 

the top three octaves, and similar performance can be implied for the bottom octave.  The 

results of these tests are discussed in Chapter 6. 
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5.3 DSP FILTERS 

The transfer functions for each array were developed using the method described 

in Chapter 4.  As previously stated, the transfer functions of the vertical and horizontal 

arrays were compared and found to be nearly identical.  This permitted the number of 

filters to be reduced to four.  Figure 5.11 shows the filter comparison for the 2-kHz-

centered array.   

Figure 5.11: Comparison of horizontal and vertical array filters 
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Filter 1, fc=500 Hz, is in the form of a low-pass filter with the roll-off above 500 

Hz defined by Equation 4.7.  This filter gave the array increased low-frequency response 

while sacrificing constant beam-width control at frequencies lower than 500 Hz.  Below 

500 Hz, θHP ∝ f--1 where constant beamwidth contributes less to speech intelligibility[1].  

The designed magnitude response for Filter 1 is shown in Figure 5.12.  By comparing 

Figure 5.12 with 5.13, it can be seen that the design matches the implementation. 

 

Figure 5.12: Filter 1 magnitude 



 115

 

Figure 5.13: Filter 1 measured response  

Filters 2 and 3 were identical except that their center frequencies are spaced one 

octave apart.  For Filter 2, fc=1 kHz and for filter 3, fc=2 kHz.  Again, their transfer 

functions were developed using the method described in Chapter 4.  In both cases, the 

transfer functions were defined below fc by Equation 4.7 and above fc by Equation 4.8.  

The designed magnitude responses for Filter 2 and Filter 3 are shown in Figures 5.14 and 

5.16, respectively.  Figures 5.15 and 5.17 show that the actual measured responses from 

the implemented filters match their designs. 
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Figure 5.14: Filter 2 magnitude 

 

Figure 5.15: Filter 2 measured response  
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Figure 5.16: Filter 3 magnitude 

 

Figure 5.17: Filter 3 measured response 
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Filter 4 with fc=4 kHz is defined by Equation 4.7 below fc and is flat above that 

point through 16 kHz because the array was allowed to follow the rule of θHP ∝ f--1.  

Above 16 kHz, a brick-wall cut off limits the high-end response because nothing above 

that range contributes to STI[1].  The designed magnitude response is shown in Figure 

5.18.  The measured response of the implemented filter is shown in Figure 5.19.  The 

high- frequency roll-off is attributed to the frequency response of the Speedy-33 DSP 

board.  

 

 

Figure 5.18: Filter 4 magnitude 
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Figure 5.19: Filter 4 measured response  

The four transfer functions required for the array were realized using DSP.  Some 

concepts related to DSP must be discussed, but this section is not a discussion of DSP 

theory as that topic is handled in many textbooks.  It is a discussion of how the filters 

were implemented and what considerations were given to their design. 

The type of filter, FIR or IIR, was imposed by the requirements of a linear phase 

response, which allows the acoustic output of the base arrays to add without the 

constructive/destructive effects caused by phase differences in the signals between the 

arrays.   Linear phase response can be achieved by FIR filters and not by IIR Filters[2].  

However, FIR filters use more memory and more processing power than IIR filters, 

which increases the hardware requirements[2].  The increased requirements of FIR filters 

were not a hindrance because ample DSP processing power was available. 
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The filter development process began in Matlab where the filter coefficients were 

determined from the computed transfer functions.  The Matlab function FIRLS was used 

to find the filter coefficients.  FIRLS was used because “it minimizes the integral of the 

square of the error between the desired frequency response and the actual frequency 

response”[3].  To calculate the filter coefficients, FIRLS needs three input criteria.  First, 

it needs the filter’s order.  In this study, the order was 255.  The order was determined by 

optimization that involved comparing the filters’ transfer functions with the optimum 

transfer functions determined by theory and the overall processing time.  The filters 

caused a delay of 0.00275 msec which corresponds to 0.943 m in air at 20° C, which is 

negligible in this application.   

Two National Instruments Speedy-33 boards handled the DSP requirements for 

the array.  The Speedy-33 is a development DSP board with a 150-MHz Texas 

Instruments VC33 DSP and a pair of analog inputs and outputs.  They were used to 

implement the four FIR digital filters required by the array.  The analog line-level inputs 

use stereo 16-bit, 48-kHz analog-to-digital and digital-to-analog converters.  The filters 

were programmed into the flash memory and ran automatically on power up, which 

provided stand-alone operation. 

National Instruments LabVIEW was used to develop the code for the Speedy-33 

boards.  The filter coefficients that were computed by the Matlab code were used in 

LabVIEW’s Filter Design Studio to write the filters for the Speedy-33.  Next, LabVIEW 

Embedded Edition was used to program the filters on the Speedy-33 and set them for 

stand-alone operation.  

5.4 SUMMING NETWORK 

A line-level summing network was designed to handle the signal routing and 

levels.  It is represented in the block diagram, Figure 5.1, as “Volume Control” and 
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“Mixer.” The summing network featured a one-channel input with a gain control that 

divided the signal into four outputs with individual level controls that connected to the 

DSP boards.  Four inputs returned the filtered signals to the board where they were sent 

to the outputs.  The outputs had individual level controls and dip switches that allowed 

any combination of the four filtered signals to be fed to a specific output.  The design was 

implemented on a custom printed circuit board.   

5.5 AMPLIFIER 

The array was powered by a Niles SI-1230 12-channel amplifier.  It supplies 30 

WRMS per channel into 8 Ω and 37 WRMS per channel into 4 Ω.  To obtain equal power 

dissipation per driver, the amplifier was calibrated using a resistive load box and an 

Audio Precision System One analyzer.  The load box settings of 4 Ω or 8 Ω corresponded 

to the 4 Ω and 8 Ω nominal impedances of the loudspeaker combinations.  A 7.5-W-per-

driver target was established based on the output capabilities of the amplifier and the 

output sound pressure level requirements of the array.  This calibration procedure did not 

account for the sensitivity differences between the different types of loudspeakers used in 

the array.  During the field tests, the sound pressure levels of each array were matched by 

adjusting the level of the corresponding filter.  The results of the calibrations are shown 

in Table 5.1.  These settings were used for all of the tests performed with the array. 
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Amplifier Channel Calibrations 
        

Ch. 
ZNOM 
(Ω) # Drivers 

ZDRIVER 
(Ω) WDRIVER WTOTAL WCAL dBerror 

1 4 2 8 7.5 15 15.3 0.14 
2 4 2 8 7.5 15 15.9 0.48 
3 8 1 8 7.5 7.5 7.58 0.09 
4 4 2 8 7.5 15 15.8 0.47 
5 4 2 8 7.5 15 15.4 0.23 
6 4 2 8 7.5 15 15.4 0.25 
7 4 4 4 7.5 30 30.4 0.12 
8 8 2 4 7.5 15 15.7 0.37 
9 4 1 4 7.5 7.5 7.65 0.17 
10 4 4 4 7.5 30 30.7 0.19 
11 8 2 4 7.5 15 15.7 0.37 
12 4 1 4 7.5 7.5 7.69 0.22 

Table 5.1: Amplifier Channel Calibrations 

5.5 CONCLUSION 

The design process yielded two functional constant-beamwidth arrays, a model 

and a full-size array.  The model array, which did not include the bottom octave at 500 

Hz, was tested in an anechoic chamber to verify the design.  The results of this testing are 

presented in Chapter 6.  Once the design was confirmed, the large array was used in the 

field to verify the simulations.  While some aspects of the design, such as loudspeaker 

selection and inter-element spacing, dictated some facets of the design, the final design 

followed theory and met the requirements of the simulations.  Additionally, minimizing 

the number of digital filters and amplifier channels made implementing the array 

practical. 
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Chapter 6: Test Results 

6.0 INTRODUCTION 

After the array was designed and constructed, the design was verified by testing 

the smaller model array and the application was tested with the full-sized array in both 

the FLC and BH.  As previously stated in Chapter 5, Section 5.2.6, the full-sized array 

was too large to test in the anechoic chamber and a model array was constructed.   The 

model array, which did not include the bottom octave at 500 Hz, was tested to verify the 

design before construction of the full-sized array and conducting the STI tests in the FLC 

and BH.   

The model array verified the design, so the full-size array was constructed and 

tested in the two rooms.  The test results from each room are presented in this chapter.  

The array is compared with a typical PA source in the same test locations as discussed in 

Chapter 3.  STI scores and RT60 values are shown for each test location.  The array shows 

increased performance similar to that presented in Chapter 3.  Some variations in 

performance do occur, and these are discussed as they arise. 

6.1 ANECHOIC CHAMBER MEASUREMENTS 

The modeled array was designed to maintain constant beamwidth only over the 

two octaves between 1 kHz and 4 kHz.  It was constructed to decrease the size and allow 

it to be tested in the anechoic chamber at The University of Texas at Austin.  The model 

array was connected to a turntable in the anechoic chamber, which allowed the array to 

be rotated 360° on axis.  The array was mounted on the turntable in two configurations, 

horizontal and vertical.  The vertical mounting configuration (Figure 6.1) was used to 

measure the array’s horizontal beam pattern.  The horizontal mounting configuration (not 
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shown) was used to measure the array’s vertical beam pattern.  The center elements were 

used as the typical PA source in the room tests and the beam pattern for the center 

elements was measured to compare with the polar patterns used in the simulations. 

The polar measurements for each axis were taken at 5° increments between 0° and 

355°.  The TEF System 20 (TEF) was used for the measurements because only one swept 

sine test signal was needed at each 5° increment to obtain data for the entire 1 kHz to 4 

kHz bandwidth.  The TEF’s Sound Lab software also presented a straightforward method 

to present and interpret the data.  

 

Figure 6.1: Modeled array on turntable in the anechoic chamber 
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6.1.1 Array Tests 

The first tests conducted on the array were to measure the array’s vertical beam 

pattern.  Figure 6.2 shows the results of these at half-octave increments between 1 kHz 

and 4 kHz.  In this figure, the listening position would be located at 0°, with the vertical 

axis represented by the line connecting the two 90° indicators.  Additionally, the radial 

scale is in dB. 

 

Figure 6.2: Vertical beam patterns from 1 kHz to 4 kHz (viewed from the side) 

Figure 6.3 shows the same beam pattern from a different perspective, which helps 

to show how close to constant the main beamwidth remains.  The figure shows amplitude 

values between 1 kHz and 4 kHz at 5° increments between 0° and 180°.  A straight line 
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represents constant beamwidth with frequency.  An examination of the ±10° lines and the 

differences in the polar patterns in Figure 6.1 indicates that the array maintains a constant 

beamwidth of ±1 dB.  

 

 

Figure 6.3: Vertical beam pattern from 1 kHz to 4 kHz (normalized to 0°) 

The vertical array was designed to have a θHP of 20° by itself.  The results shown 

here are those of a combination of the vertical and horizontal arrays and some broadening 

of the main lobe beamwidth was expected.  The actual θHP for the vertical axis is ~24°. 
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Figure 6.4: Horizontal beam patterns from 1 kHz to 4 kHz (viewed from the top) 

The beam pattern for the horizontal orientation is shown in Figure 6.4 where 0° is 

still aimed at the listening location, but the line between the 90° indicators represents the 

horizontal axis.  In other words, the figure represents a top-down view.   

Figure 6.5 provides the same view for the horizontal beam pattern as Figure 6.4 

does for the vertical pattern.  The horizontal-axis array was designed to have a θHP of 48° 

by itself.  When combined with the vertical array, an increase in beamwidth was 

expected, but only a slight increase was observed between 1 kHz and 2 kHz. 
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Figure 6.5: Horizontal beam pattern from 1 kHz to 4 kHz (normalized to 0°) 

The resulting horizontal beam pattern varied more from the design parameters 

than was true for the vertical array pattern.  The variations were more apparent with the 

4-kHz array and the transition band between 2 kHz and 4 kHz.  This can be attributed to 

the inter-element spacing versus loudspeaker size problem in the 4-kHz horizontal axis 

array mentioned in Chapter 5.  The array was within ±2.5 dB of the design in the 1 kHz 

to 2 kHz band. 
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6.1.2 Center Elements Test 

Polar information also was measured only for the center elements of each array 

only because they are used as the typical PA source in the room.  Because each band was 

driven by one loudspeaker, the beam patterns are assumed to be axis symmetric and 

measurements were made only on one axis.  Figure 6.6 shows the beam patterns for the 

center elements between 1 kHz and 4 kHz.  At most frequencies, these patterns resemble 

those used in the simulations, where the beam patterns were based on commercially 

available loudspeakers.  There are some discrepancies which were not accounted for in 

the simulations. 

 

Figure 6.6: Polar patterns for center elements 
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6.2 FAMILY LIFE CENTER TESTS 

For the field tests in the FLC, the array was assembled at the location 

corresponding to A0 in the simulations.  The array was tested in the lowered position and 

then in the raised position.  At the same time, the typical PA source was tested by using 

the center elements of each array.  The measurement locations correspond to the 

numbered test locations presented in Chapter 3.  In the case of each test, the source’s SPL 

was set to 65 dB at location 18 (the middle of the room).  Figure 6.7 shows the test setup 

in the FLC with the lowered array at position A0 (test location 33) and the microphone at 

test location 31.  The yellow pieces of paper on the floor indicate the test locations. 

For the tests performed in the FLC, the measurement microphone was placed at 

the test locations and STI measurements were made with the TEF System 20 and the STI 

module of Sound Lab 6.0.  In the simulations of the FLC, 35 test locations were used.  

The 35 test locations appear as dots in Figure 6.8.  Test locations 32, 33, and 34 were not 

used because of their proximity to the array.  Measurements were made at all of the 

locations between 16 and 30 for increased resolution near the source.  Note that the 

results for location 22 are not presented because the data files were lost due to operator 

error when copying the files.  For test locations 1 to 15, measurements were taken at only 

the odd-numbered locations because less resolution was needed in the back half (lower 

half in the figures in this chapter) of the room.  Another motivation for reducing the 

number of test points was time and the need to work around church activities. 
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Figure 6.7: Array testing in the FLC (array in lowered position) 

6.2.1 Lowered Position 

Figure 6.8 is an overview of the FLC and shows the source location (A0), test 

locations, and the STI scores for each test location.  The array’s STI scores appear in blue 

and the typical PA source’s scores are in orange.  This diagram illustrates the distribution 

of STI scores by location and can be compared with the colored diagrams for STI scores 

shown in Chapter 3.  A comparison of the numerical values is carried out in this section. 
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Figure 6.8: STI scores by location in FLC (lowered position) 
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Figure 6.9: STI scores in FLC (lowered position) 

Figure 6.9 compares the results by test position with the simulated results from 

Chapter 2.  Only the simulated STI scores that correspond to actual test locations are 

compared graphically and statistically in this chapter.  Figure 6.9 reveals that the general 

trend of the simulation closely follows the measured results.  The typical PA source 

exhibited lower performance than the simulated source.   

  
FLC STI Scores All Test Locations Test Locations (1 - 20) 
(Lowered) Max Min Mean s Max Min Mean s 
PA Measured 0.82 0.47 0.57 0.08 0.58 0.50 0.54 0.02 
Array Measured 0.87 0.48 0.62 0.09 0.70 0.51 0.60 0.05 
PA Simulated 0.83 0.55 0.63 0.06 0.66 0.55 0.60 0.04 
Array Simulated 0.85 0.59 0.64 0.06 0.66 0.59 0.62 0.02 

Table 6.1: FLC STI Statistics (Lowered Position) 
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Table 6.1 shows the statistical data for the data in Figure 6.9.  In the lowered 

position for all test locations, the statistics for the measured data show that the array 

produces a mean increase in STI of 5% while the simulation predicted a 1% increase.  In 

the back-half of the room (locations 1 to 20), the measured data showed a mean increase 

of 6% for the array instead of the 2% increase predicted by the simulation.  The array 

outperformed its mean value simulations by 2% with both sets of test locations.  The 

typical PA source did not meet its predictions.  It was 7% lower than the simulated mean 

score over all of the test locations, with a 6% decrease for the back half of the room.  This 

lower performance can be attributed to the real-world beam pattern of the source versus 

the simulated beam pattern.   

Figure 6.10 displays the measured RT60 times in the FLC at the lowered source 

position.  Due to limitations in the measurement equipment, measurements for D50 and 

LF were not performed.  Instead RT60 times were measured at each location to show the 

effects of each source on measured RT60 times.  Changes in the measured RT60 times can 

be compared to the changes in D50 from the simulations[1, 2].  The correlation between 

the simulations and the measured data help to validate the simulated D50 and LF values, 

which provide more in-depth insight into the underlying sound field in each room. 
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Figure 6.10: RT60 values in FLC (lowered position) 

 
FLC RT60 Values All Test Locations Test Locations (1 - 20) 
(Lowered) Max Min Mean s Max Min Mean s 
PA Measured 2.79 0.67 1.65 0.51 2.28 1.29 1.68 0.30 
Array Measured 2.40 0.55 1.23 0.41 2.40 0.92 1.27 0.36 

Table 6.2: FLC RT60 Statistics (Lowered Position) 

A statistical comparison of the measured RT60 data from Figure 6.10 is shown in 

Table 6.2.  The array’s focused beam pattern reduced the mean RT60 time in the FLC by 

0.42 seconds over all of the test locations and by 0.41 seconds in the back half of the 

room.  This correlates with the array’s more even D50 distributions shown in the 

simulation.   
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6.2.2 Raised Position 

Figure 6.11 offers the same representation of STI results as Figure 6.8 except that 

it shows the results for the raised (8 foot) source position.  The source was still located at 

position A0 except that it was raised.  

 

 

Figure 6.11: STI scores by location in FLC (raised position) 
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Figure 6.12: STI scores in FLC (raised position) 

 
FLC STI Scores All Test Locations Test Locations (1 - 20) 
(Raised) Max Min Mean s Max Min Mean s 
PA Measured 0.81 0.48 0.57 0.08 0.58 0.49 0.53 0.03 
Array Measured 0.89 0.51 0.62 0.09 0.67 0.52 0.59 0.04 
PA Simulated 0.75 0.54 0.61 0.04 0.64 0.54 0.58 0.03 
Array Simulated 0.75 0.48 0.60 0.06 0.65 0.58 0.61 0.02 

Table 6.3: FLC STI Statistics (Raised Position) 

The statistical data for Figure 6.12 is shown in Table 6.3.  In the raised position 

over all of the test locations, the measured data statistics show that the array produces a 

mean increase in STI of 5% which is the increase seen also in the lowered position.  The 
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simulation predicted a 1% decrease for the array.  The measured data showed a mean 

increase of 6% in the back half of the room versus a predicted increase of 3%.  The 

measured array data varies by 1% and 2% when compared to the simulations while the 

typical PA source varies by 4% and 5%.  Again the performance differences are 

attributed to the real-world beam pattern of the source versus the simulated beam pattern. 
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Figure 6.13: RT60 values in FLC (raised position) 

 
FLC RT60 Values All Test Locations Test Locations (1 - 20) 
(Raised) Max Min Mean s Max Min Mean s 
PA Measured 2.62 0.13 1.61 0.63 2.62 1.40 1.93 0.40 
Array Measured 1.83 0.50 1.21 0.32 1.62 0.94 1.28 0.20 

Table 6.4: FLC RT60 Statistics (Raised Position) 
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Table 6.4 shows a statistical comparison of the measured RT60 data from Figure 

6.13.  The mean RT60 time was 0.4 seconds lower over all of the test locations.  In the 

back half of the room, the mean RT60 value decreased by 0.65 seconds when the array 

was used.  The array’s even distribution of D50 values in the simulations reinforces this 

observation.  

6.3 BELMONT HALL TESTS 

Similar to the FLC, the array was set up in BH in a location corresponding to A0 

in the simulations.  Both sources were tested in the raised (8 foot) and lowered (5 foot) 

positions.  The numbered test locations from Chapter 3 are consistent with those used in 

the field tests.   Tests were performed only at locations 1 to 10.  The data shown at 

locations 11 to 15 are the results of the measurements at locations 6 to 10, respectively.  

This transposition is possible because the room is symmetric.  For each test, the source’s 

SPL was set to 65 dB at test location number 3, which was in the middle of the room.  

Figure 6.14 shows the test configuration in BH with the lowered array at position A0.  

The microphone is at test location 5.  The lines on the floor were used to identify the test 

locations.  The TEF System 20 and the STI module of Sound Lab 6.0 were used again for 

the measurements.  
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Figure 6.14: Testing in Belmont Hall (array in lowered position) 

6.3.1 Lowered Position 

An overview of BH is shown in Figure 6.15.  Once more the source location is 

identified by A0.  The STI scores for each location are shown above and below each dot 

indicating a test location corresponding to the number presented in Chapter 3.  The 

array’s STI scores appear in blue and the typical PA source’s scores are in orange.  This 

diagram serves as a visual aid for STI distribution and can be compared with the STI 

prediction diagrams in Chapter 3.  
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Figure 6.15: STI scores by location in Belmont Hall (lowered position) 
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Figure 6.16: STI scores in Belmont Hall (lowered position) 



 143

 
BH STI Scores All Test Locations Test Locations (3-5,6-8,13-15) 
(Lowered) Max Min Mean s Max Min Mean s 
PA Measured 0.66 0.40 0.45 0.06 0.46 0.40 0.44 0.02 
Array Measured 0.79 0.46 0.52 0.08 0.54 0.46 0.50 0.02 
PA Simulated 0.60 0.34 0.40 0.06 0.40 0.34 0.37 0.02 
Array Simulated 0.67 0.42 0.48 0.06 0.48 0.42 0.45 0.02 

Table 6.5: BH STI Statistics (Lowered Position) 

The results by test position are compared to simulations from Chapter 2 to Figure 

6.16 and Table 6.5.  Because all of the test locations were used and the data from 

positions 11 to 15 were mirrored in both the simulations and the tests, none of the data 

points are discounted in this comparison.  Inspection of Figure 6.16 shows that the 

general trend of the simulations appears in the test results, but the test results generally 

are greater than the simulations. 

The statistical data for Figure 6.16 is shown in Table 6.5.  The statistics for the 

measured data show that the array produces a mean increase in STI of 7% over all of the 

test locations.  The simulations predicted an 8% increase.  In the back half of the room 

(locations 3-5, 6-8, and 13-15), the measured data showed a mean increase of 6% for the 

array, while the simulations predicted an increase of 8%. 

Unlike the FLC, where the simulated typical PA source produced better results 

than the measurements, the mean values for the measurements were 5% and 7% higher 

than the predictions.  The array also showed improvements in mean STI scores of 4% and 

5% when the measured results were compared to the simulated values.  It should be noted 

that the complexity of the FLC model was much greater than the complexity of the BH 

model used in the simulations. 
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Figure 6.17: RT60 values in Belmont Hall (lowered position) 

 
BH RT60 All Test Locations Test Locations (3-5,6-8,13-15) 
(Lowered) Max Min Mean s Max Min Mean s 
PA Measured 3.05 1.31 2.31 0.48 3.02 2.00 2.23 0.33 
Array Measured 2.35 0.81 1.85 0.36 2.35 1.75 1.89 0.19 

Table 6.6: BH RT60 Statistics (Lowered Position) 

The measured RT60 times in BH at the lowered source position are shown in 

Figure 6.17, and the statistics for that figure are shown in Table 6.6.  The array decreased 

the measured RT60 times in BH by a mean value of 0.46 seconds over all of the test 

locations and by 0.34 seconds in the back half of the room.  The lowest deviation 

between the RT60 times produced by each source occurred in the back corners of BH. 
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6.3.2 Raised Position 

The final field tests were performed in BH in the raised (8 foot) position.  The 

resulting STI scores are shown in Figure 6.18.  This figure is identical to Figure 6.15 

except that the scores represent the sources’ performance in the raised position.   

 

Figure 6.18: STI scores by location in Belmont Hall (raised position) 

Figure 6.19 compares the data from Figure 6.18 with the simulated data.  The 

general trends are similar with some interesting deviations in the typical PA source’s 

performance in the back corners of the room, where it actually outperformed the array by 

a few percentage points.  The RT60 measurements show a sharp change at these locations 

and approach the performance of the array.  This is probably a result of the downward 

pitch of the sources in the raised position, because the configuration does not project as 

much energy into the upper portions of the room and thereby reduces the value of RT60.  
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Figure 6.19: STI Scores in Belmont Hall (Raised Position) 

 
BH STI Scores All Test Locations Test Locations (3-5,6-8,13-15) 
(Raised) Max Min Mean s Max Min Mean s 
PA Measured 0.65 0.39 0.45 0.07 0.52 0.40 0.44 0.05 
Array Measured 0.80 0.43 0.53 0.09 0.55 0.44 0.51 0.03 
PA Simulated 0.58 0.35 0.39 0.06 0.40 0.35 0.37 0.02 
Array Simulated 0.65 0.42 0.48 0.06 0.48 0.42 0.45 0.02 

Table 6.7: BH STI Statistics (Raised Position) 

The statistical analysis of the raised position in BH mimics that of the lowered 

position where the mean measured STI scores are higher for the array than for the typical 

PA source.  Here the mean value over all of the test locations is 8% higher for the array, 
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and over the back half of the room, the array has 7% higher mean STI score even though 

the typical PA source has higher scores in the corners. 
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Figure 6.20: RT60 Values in Belmont Hall (Raised Position) 

 
BH RT60 All Test Locations Test Locations (3-5,6-8,13-15) 
(Raised) Max Min Mean s Max Min Mean s 
PA Measured 2.70 1.28 2.28 0.42 2.61 1.89 2.28 0.27 
Array Measured 2.34 0.75 1.76 0.39 2.11 1.60 1.80 0.17 

Table 6.8: BH RT60 Statistics (Raised Position) 

As previously mentioned, the RT60 for the typical PA source approaches that of 

the array in the back corners of the room.  Over the other test locations, the difference is 
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greater.  The mean values over all of the test locations differ by 0.52 seconds, and over 

the back half of the room, the difference is 0.48 seconds in favor of the array. 

  

6.4 CONCLUSION 

In both rooms the field test results and the simulation results were similar.  The 

simulations in the FLC more closely resemble the measured data than in those in BH.  

The model for the FLC was much more complex than the model for BH.  In the FLC, the 

actual architectural drawings and material data specifications were used to create the 

model.  The model incorporated most of the minor attributes of the room.  Conversely, 

BH was modeled as a rectangular room using approximate measurements.  None of the 

architectural details, such as the alcoves along the sides, were incorporated into the 

model.  Even though the BH model had significantly less detail, the results were 

comparable to the field-test results, which support the use of less detail in the BH model. 

Similar to the simulations, the array outperformed the typical PA source in both 

rooms.  In the FLC, the array exhibited a greater performance increase over the typical 

source than the simulations predicted.  While the simulated sources represented optimum 

performance, the model for the typical PA source was “over optimized” meaning that the 

real-world beam patterns contained more frequency-dependent variations than beam 

patterns used in the simulations. 

In the field, the array revealed the performance gains possible with a constant-

beamwidth source and the advantages to using such a source.  The increases shown by 

the array would be clearly noticeable to any listener in the room.  Further enhancements 

to the array’s design could increase its performance and further separate it from a typical 

PA. 
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Chapter 7: Conclusion and Future Work 

7.0 CONCLUSION 

The purpose of this study was to improve speech intelligibility in a reverberant 

room with a CBWB array.  At the onset of the study, the factors that contribute to speech 

intelligibility in rooms were determined, and it was found that increasing the D/R would 

improve speech intelligibility.  Typical PA systems were evaluated and their beam 

patterns were examined.  As expected, the typical PA systems had frequency-dependent 

beam patterns.  It was evident that a CBWB array could exceed the performance of a 

typical PA, but it was not known how much this would increase speech intelligibility in a 

room. 

The first step was to identify two rooms, the FLC and BH, that might benefit by 

the addition of a CBWB source.  Once the rooms were identified, they were modeled in 

CATT-Acoustic.  The BH model was a simple rectangular room with very little detail.  

The FLC was modeled with close attention to detail to find out to what extent various 

details affected the simulation results.  Simulations were performed for each room to 

determine the optimum beam pattern for the array.  The beam patterns were compared 

with the physical limitations of the implementation, and the specifications were set at a 

vertical-axis θHP of 20° and a horizontal-axis θHP of 48°. 

The simulations showed that the array would improve speech intelligibility over a 

typical PA source.  The array was more beneficial in BH where the RT60 values were 

higher than those in the FLC.  The simulations also showed that the array improved the 

D50 performance in each room.  A third variable, LF, was evaluated in the simulations.  

It is commonly accepted that early lateral energy is beneficial to speech intelligibility[1-

5].  In an effort to maximize D50 performance, the array reduced LF in each of the rooms 
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through horizontal beam control.  This was not detrimental to speech intelligibility, but it 

reduced the margin of improvement in the areas where the typical PA source received the 

benefits of increased early lateral energy and the array did not.  This effect was more 

pronounced in the FLC.  In BH, the differences in LF did not affect the STI scores 

because the room’s reverberation time was so high.  In larger rooms, it appears that the 

reduction in D50 has a stronger effect on STI than does LF.  This also can be attributed to 

the later arrival of LF in the larger rooms.  In smaller rooms, LF energy arrives closer to 

the direct sound and enhances speech performance.  This result is interesting and is an 

area identified for further research.  The array might provide a greater benefit for STI 

scores in the FLC and BH if the horizontal-axis control is eliminated, which would 

increase the horizontal beam width of the array and the lateral energy in the room.  In 

large rooms, the source-to-sidewall distance increases and the increased delay of the 

lateral reflections would be detrimental to STI, so a controlled horizontal beam pattern 

would be preferred.   

After the simulations were performed, the array was designed.  The full-sized 

array was too large to test in the anechoic chamber so a model array was constructed.  

The model array maintained constant beamwidth between 1 kHz and 4 kHz and was 

small enough to mount on the anechoic chamber’s turntable.  The polar measurements on 

the model array verified the design and revealed a design compromise in the 4-kHz 

centered, horizontal-axis array. 

After the design was verified, the full-sized array was built and tested in the FLC 

and BH.  The performance in the FLC followed the prediction showing improved speech 

intelligibility for the array, but it also revealed that the typical PA obtained acceptable 

performance in this particular multi-purpose room as well.  The array performance in BH 
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was more dramatic where the array reduced the room’s long RT60, and speech 

intelligibility improved. 

When the simulations were compared with the field tests, it was rewarding to see 

the correlation in the predicted and measured values.  The simulations provided insight 

into the physical interactions in each room and proved to be close enough to the real 

world to be used for examination of the underlying physical events taking place in the 

rooms.  The correlation between the simulations and the real-world tests showed that the 

accuracy of CATT-Acoustic and the room models are accurate predictors of the actual 

real-world performance.  Due to this strong correlation, other room models can be 

evaluated through simulations, and the results will be credible.  This powerful tool allows 

different array configurations and rooms to be evaluated thoroughly before any field 

work would need to take place. 

As a final observation, the array and typical PA sources represent real-world 

solutions to the problem, but they each represent only one source of sound.  While a 

single source is a valid solution for the FLC, multiple sources would be an improved 

approach for sound reinforcement in BH.  The use of multiple arrays would benefit BH, 

especially in the back portions of the room.  A competent sound designer would employ 

multiple sources in the room to cover the entire audience area.  However, it was only 

feasible to construct one array for this test and to compare it to one typical PA source.  

Because the array showed significant improvement for the D50 values, fewer arrays 

would be required for sufficient audience coverage over typical PA sources. 

Also, the improvements in the STI scores in BH were significant in the front half 

of the room.  This area is what a single source would be expected to cover in a real-world 

application.  It is valid to say that no single source could improve BH to an excellent STI 

score because the room has too many hard surfaces and RT60 is too high.  A room like BH 
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must be treated acoustically for excellent STI performance.  The increased STI scores 

showed by the array would result in a significant cost reduction in room treatments 

because less extensive treatments would be required for excellent STI scores. 

  A typical PA approach is to delay the signal to the loudspeakers as they are 

located farther and farther away from the source at the front of the room so that their 

direct sound arrives at the listening position at the same time as the sound coming from 

the front of the room. This use of delay increases the complexity of the system.  With an 

array, a larger area could be covered by a single array, which would reduce the amount of 

delay needed, thereby reducing the complexity of the system because the user would 

connect the source signal to one self-contained device instead of the several components 

(signal processors, amplifiers, and individual loudspeakers) required by a typical PA 

system. 

A CBWB array has significant advantages over typical PA systems.  First, a 

constant beamwidth over a wide frequency range means that the area of the audience 

covered by the array receives uniform frequency response.  Normal sources have a 

frequency-dependent beam pattern that prohibits a uniform frequency response over its 

entire coverage area.  That leaves many listeners with reduced high-frequency response 

and a less that optimum listening experience.  A CBWB array eliminates this problem.  

Another advantage for a CBWB array is the ability to tailor the beam pattern to a 

specific room, giving a sound contractor tools with which to optimize a sound system to a 

room.  The compromises that a contractor must make in order to maintain good audience 

coverage are eliminated with a CBWB array. 

A feature of the array used here that has generated positive feedback from faculty 

and sound contractors during this dissertation is the ability to specify the beam pattern of 

each axis independently.  There are many commercial line array systems that can achieve 
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relatively good coverage and beam control for the vertical axis, but they lack the ability 

to control the width of the horizontal axis.  Width control gives this array the ability to 

focus the array main lobe on the audience and reduce unwanted horizontal energy.  It also 

allows multiple arrays to be used without overlapping their coverage patterns and 

creating “hot spots” where some areas of the audience are louder than others. 

7.1 FUTURE WORK 

During this study, other ideas and approaches to the problem emerged, such as 

ideas for other arrays, different array configurations, applications, and design 

enhancements.  As mentioned previously, it would be interesting to study the effect of 

limited or no horizontal-axis control on LF and speech intelligibility in smaller rooms, 

such as the FLC. 

The array used in this study was conceived with a focus on speech intelligibility.  

The constant-beamwidth approach also would be beneficial to music reproduction in 

performance halls and home listening environments.  Typical loudspeakers have a 

frequency-dependent beam pattern.  This frequency-dependent beam pattern alters the 

perception of reproduced sound and contributes to variations in a loudspeaker’s 

frequency response performance within a room.  This effect results in many sound 

reproduction systems having a so-called “sweet spot.”  Also, music reproduction is 

degraded by reflections in the listening environment.  Music would benefit in a similar 

fashion from a focused beam pattern in much the same way as speech benefits.  

Implementing CBWB array techniques for a full-range system would be an interesting 

study. 

During this study, performance compromises were made to maintain a 

manageable array size, and beam pattern control was limited at the high frequencies.  

Array size is a function of desired low-frequency response.  A hybrid approach using a 
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combination of CBWB array techniques and typical low-frequency loudspeakers would 

be intriguing to investigate.  From this study, the effect of a constant-beamwidth, low-

frequency loudspeaker, appears to be minimal.  A combination of conventional 

loudspeakers for the lower octaves with a CBWB array for the higher octaves could be a 

hybrid design that would increase the commercial viability of a CBWB system. The high-

frequency problem with element size and inter-element spacing could be solved with 

other array techniques such as shading.  Another solution would be to construct a cluster 

of arrays and use more complex nesting techniques on the horizontal axis to control the 

horizontal beam pattern. 

In the immediate future, additional CATT-Acoustic simulations will be performed 

on the array in several different rooms.  Since the CATT-Acoustic simulations showed 

good correlation with the measured results in this study, further simulations can be 

considered valid if careful attention is given to the models.  The process behind these 

simulations will be to observe the impact of a CBWB array on rooms, such as 

auditoriums and concert halls where real-world testing might not be feasible.  Also, 

multiple array configurations can be simulated in CATT-Acoustic without the expense of 

building multiple arrays.  It is through the application of multiple CBWB arrays that even 

more significant advantages should be seen over conventional sources. 
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