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How do we evaluate the performance of our sound system? How do we get beyond 
grossly subjective opinions such as "good or bad?" There is a wide variety of objective 
metrics but none provides 100% correlation to our listeners' subjective evaluation of our 
work. A sound system with stellar specifications does not assure a great show. 

The sound system is just one layer of a multi-layer experience, which makes evaluation 
much more challenging. In the simplest form we have source, sound system and room. 
How do you listen to a sound system without musical or vocal content and/or without 
acoustics? As professionals we work hard to separate these layers because it defines our 
roles: performers, audio engineers and acousticians. Audiences don't care. We know the 
band was way too loud on stage and that the promoter should never have booked Black 
Sabbath into Carnegie Hall. We know it wasn't the sound system's fault but the end 
result is viewed as our failure. Who do you think is going to take the fall for a famous 
band in a hall with a reputation for great acoustics? 

Evaluate v. t. asclirn 
amount of; find 
numerical expression 
for; appraise; assess; 
to consider or examine 
something in order to 
judge its value, quality, 
importance, extent, or 

1.condition. 
Concise Oxford 

Dictionary 

Let's further refine the layers in a modern musical performance. We have composition, arrangement, musicians, 
band gear, stage monitors, monitor engineer, sound system, mix engineer, system engineer and the hall acoustics. 
All these layers and players must work well together to achieve an optimum result for the artists and audience. 

There are objective and subjective means of evaluating the listening experience. The sound engineer can give 
us SPL, frequency response, distortion, coverage uniformity and other metrics of sound system performance. 
The acoustician can give us the room data: statistical analysis of a million reflections, a million different ways. 
Professional and paying customer alike can describe the experience subjectively with any words imaginable, some 
of which my publisher won't allow. Let's see if we can sum up these multiple perspectives into one sentence: 

Sound engineers are from Mars, acousticians are from Venus, audiences are from the Bronx. 



PART II 
Design 

The above caption is a twisted reference to a once popular book by John Gray that focuses on the challenges 
of communicating our needs with other people who don't share our perspective. In Gray's book the parties are 
men and women. Neither is right nor wrong, but both have very different approaches to life. The key to success, 
in Gray's view, is to maintain our separation but understand the other's perspective. Then the relationship can 
meet both parties' needs as effectively as possible. If parties fail to understand each other's perspective a cycle of 
conflict and blame assessment degrades the potential for a satisfying union. So it can be with sound engineers 
and acousticians. 

A symphony hall acoustician is informed that there is trouble in his recently designed concert hall whenever the 
sound system is used for pop and jazz concerts. It was known from the start that the hall would host a variety of 
artists and the owners had been promised perfect acoustics. The hall has been a major success for the symphony 
orchestra so obviously the problem is not the architectural acoustics. It must be the sound system: the forty-
element speaker system, designed for the space by audio engineers. The acoustician proposes a solution: A single 
omnidirectional point source speaker system, a dodecahedron, is to be hoisted above the stage to replace the 
existing speakers. This speaker is normally used by acousticians to evaluate the room acoustics. The acoustician 
was perfectly correct in seeing that the transmission characteristics of the highly directional forty-element 
speaker system would excite the room very differently from the symphony on stage (for which the acoustics were 
optimized). The omnidirectional speaker more closely resembles the emission characteristics of natural sound from 
the stage. 

Was this the solution? You know the answer. Feedback and unintelligible sound. The previous sound system 
alone couldn't be the solution either. Both approaches suffered the same fatal flaw: a mismatch of the emission/ 
transmission system to the reception area. The natural sound transmission model works best when the emitting 
source is directly coupled to the reception area (the room), which is shaped and conditioned to act as the 
transmission system. The amplified sound transmission model works best when the sound source is mostly 
uncoupled from the room and where the room acoustics provide minimal modification of the transmission. 

208 Amplified sound transmission into "perfect" symphony acoustics is as mismatched as is a symphony outdoors 
without so much as a band shell. These are the ultimate impedance mismatches. 

6.1 NATURAL SOUND VS. AMPLIFIED SOUND 
Which is better, natural sound or amplified sound? 

Most people answer "natural sound" without hesitation. The conventional wisdom is that we tolerate "unnatural 
sound" (speaker systems) because sometimes natural sound is not feasible. In practice the opposite is the case. 
The principal market for exclusively "natural" sound is limited to extremely small venues or those cases where 
"unnatural" sound is forbidden by tradition. Natural sound can only thrive when program material, sound source 
and acoustic space are in perfect harmony, e.g. symphony music in a symphony hall, opera in an opera house or 
spoken word in a conference room. Take any acoustic signal out of its scale-matched, form-fitted environment and 
its vulnerability becomes immediately apparent. 

If natural sound is so superior, then why has it lost 99% market share? If it's the first choice, then why do so 
few choose it? Wouldn't we be shocked if twenty people gathered together to hear a speech and there were no 
loudspeakers? The most famous classical music event of my lifetime was "The Three Tenors" performed in a 
stadium through a sound system bigger than Woodstock. Hearing such famous tenors unamplified in an opera 
house would certainly be far preferable acoustically. Stadiums are chosen for their gross revenues, not their gross 
acoustics. Nothing personal. Just business. An optimized loudspeaker can beat optimized natural sound 99 times 
out of 100. If you're a sound engineer and don't believe this, it's time to rethink your career choice. 

Great news! We just received the sound design contract for Rogers and Hammerstein's Carousel. The venue is the 
1600-seat Majestic Theater, the same as its 1945 debut, which is highly rated for its excellent acoustics. It's the 
original orchestrations in the same pit. No stage automation and moving (noise-generating) lights. A revival to 
rival all revivals. Obviously we don't need a sound system. If we believe natural sound is best, we should resign the 
project. The original show was composed and staged for natural sound. How can we presume to improve upon 
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this? The following problems arise: The director hates it, the performers hate it, the audience hates it, and the 
critics hate it (except for the 90-year-old one). The show closes in a week and we'll never work on Broadway again. 
What's changed? Expectations. Audiences no longer expect natural sound. They expect magic sound delivered 
Without the slightest effort required. Sonic "couch potatoes." Get used to it. It's not a fad and it's not just the 
audience. Performers want magic sound too. They want to act and sing with a wide dynamic range and still be 
heard at the back. That takes strong magic, but that's our job. 

I am not looking for a fight. Acousticians please put down your acoustic pistols. Sound system design work can't 
move forward if we're working under an inapplicable acoustic construct that pretends we're not in the room. 
Submitting to the collective group-think of natural sound superiority does nothing to advance our position. 
Sound system performance is a decisive factor in the audience experience, as long as the room acoustics don't 
screw it up. A successful outcome is more likely when we express our acoustic requirements realistically, i.e. based 
on amplified sound transmission. 

6.1.1 Contrasting emission, transmission and reception models 
Natural sound transmission requires three-part harmony: sound source emission, stage transmission and hall 
transmission. Direct sound from individual stage performers is accompanied by stage reflections (early) and 
house reflections (early and late). Early reflections mix the signals together and provide transmission gain, sustain 
and tonal support whereas late reflections add texture and more sustain. Early reflection transmission gain is 
absolutely required for performers to achieve adequate loudness and uniform level over the space. Performers and 
audience share the acoustical space with minimal separation. Reception occurs inside the transmitter: the room. 
The room has a continuity of sound that goes beyond a particular composition or conductor. The room defines 
the sound and the sound defines the room. 

Amplified sound applications also require three-part harmony, but a very different tune. Each source is captured 
in isolation by nearby microphones before leaving the stage. Individual signals are transmitted to the mixing 
console where blending and tonal content are managed. Mixed sources are sent to distinct and separate areas to 
create matched or customized sound at each location. There are locally distributed versions rather than a single 
unified source of house sound. Zone separation on stage suits each performer's unique needs, while in the house 
it fulfills the common needs of audience members listening in unique locations. 

Stage source isolation allows us to capture everything and transmit it anywhere. We can send unmatched signals to 
unmatched areas to provide matched results for the listeners. Recall that, with natural sound, unity of experience 
is achieved by a lack of separation. Amplified sound achieves this by an abundance of separation. Amplified 
sound seeks a sonic continuity over the space for a given performance but this sonic character loads out at 11:00. 
The local arena rocks on Tuesday and plays basketball on Wednesday. Completely different sound (and sound 
system). The sound can change day and night between the warm-up band and the headliner. Tonight's sound 
system blasts into the back wall and the next keeps it on the floor. Any of these will be perceived by our audience 
as changing "the sound" even though neither changed the room. The room is not defined by the sound and the 
sound is not defined by the room. 

6.1.2 Perspectives: direct sound, early and late reflections 
Let's compare and contrast. Direct sound is first (Fig. 6.1). The violins in the orchestra are on house left and 
violas and cellos are on the right. We localize them as coming from left and right but we don't consider the 
violins to be the left channel. Their side of the room doesn't get quiet at a whole note rest. All the strings transmit 
direct sound to the entire room. By contrast, the speaker system divides the direct sound delivery into coverage 
zones. The left main speaker is the direct sound transmitter for half the house. If it takes a rest we have a big 
problem. Conclusion: different, but not conflicting. Natural direct sound: Every source is everything to everybody. 
Amplified sound: A speaker is the spokesperson for all sources for some people. 

Early reflections are next (Fig. 6.2). Natural transmission needs gain from strong early reflections but this 
creates combing. How does it get away with it? Many reflections from many sources in many locations. Each 
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Natural and amplified sound transmission paths: Direct sound 
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FIGURE 6.1 
Direct sound transmission flow block for "natural" sound and "amplified" sound. The natural sound path is potentially filtered by the axial control of the source 
and HF air loss. The amplified sound has two acoustic paths with similar features. The middle shows the path of the electronic signal, which can compensate for 
the acoustic transmission effects. 
source originates a unique set of early reflections heading toward each seat. Every unique seat gets a unique 
comb filter response from every unique source. I used "unique" three times in the last sentence because tri-level 
randomization is the key ingredient to natural sound's uniformity by differentiation. At my seat one violin dips at 
250 Hz and the next one dips at 225 Hz. At your seat these might fall at 245 Hz and 220 Hz. Listeners don't hear a 

210 precisely repeated comb signature for any two instruments. Every seat gets a slightly different tonal mix of every source. 

Our speaker system groups the violins together and transmits them from the same spot (the speaker location). 
An early reflection of the speaker's signal puts the same comb filter signature on everything the speaker transmits, 
a decidedly "unnatural" sound. Imagine an orchestra where every musician is placed in an identical private 
band shell. The band shell's identical combing of each instrument is the dominant tonal feature for the whole 
orchestra. One poorly placed reflective wall near our speaker will "band shell" every instrument in the sound 
system. The speaker system also gets transmission gain from the walls (mostly by AC power outlets mounted on 
them). Strong early reflections give a speaker gain as well, but often at a high price. When used sparingly, such as 
a subwoofer on the floor, the benefit is well worth the cost. For mids and highs, the combing costs are prohibitive. 
Conclusion: Different and very conflicting. Natural sound needs strong early reflections and the speakers need to 
be free of them. 

Finally the late reflections arrive. Everybody loves the spatiality and envelopment of a well-behaved reverb tail. The 
natural model wants more of it, but the amplified model still needs some. The answer is as complex as the reverb 
tail itself, which takes more than a simple number like RT60 to be characterized. A rich and steadily falling 
1.3 second decay in an opera house is very different from the same RT60 in an arena with strong specular 
reflections spaced widely apart. Why do we see a reverberation unit in the rack at Front of House (FOH) in an 
arena? It is not because the room is too dry, but because the decay lacks the texture and complexity of a preferred 
acoustic space. Conclusion: Different and incrementally conflicting. Natural sound needs more late reflections than 
amplified for a given room size. 

6.1.3 Transmission path differences 
There are unexpected avenues for early reflections to get into the sound system, even in a dead room: through 
our open microphones and from our own speakers. Each microphone opens up two paths: a re-entry path from a 
speaker (house or stage monitor) and a duplicate entry path into other mics. All cause comb filtering with the tonal 
shapes of an early reflection. The speaker-to-mic re-entry path is also a potential feedback hazard. Once combing 
is added to a given channel it's difficult to get out and is imprinted on the response sent to the sound system. Each 
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Natural sound transmission path: Direct and reflected sound 
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FIGURE 6.2 
Natural sound transmission flow block inclusive of room reflections. The listener hears the summation of the direct and reflected paths. The reflections have distinct 
axial and HF air filter functions, as wel l as distance loss and transit time. Differences between the paths shown are decisive factors in the listener's experience. 

speaker also opens up two paths: re-entry into the stage mics and duplicate entry to the house (when another 
speaker carries the same signal). Each path is perceived as a reflection, most probably an early reflection (Fig. 6.3). 

A hidden multiplication factor is at work: Each re-entry or duplicate summation into a microphone is an embedded 
reflection in the source signal (the direct sound) of the transmission system. When sound from our speaker hits the 
wall we hear the reflection of a source already containing pre-packaged reflections. This multiplication factor makes 
us mindful of isolating our mics and minimizing strong reflections anywhere. 

The extent to which the sound system enjoys exclusive broadcast rights to the audience depends upon how much 
stage leakage reaches the house. For the moment we will consider the stage levels negligible in the room. 

Amplified sound transmission path: Direct, reflected and secondary sources 
Emission Stage 
source mic 

t 
40.8 EQ 

Direct sound transmission path 

Gain/Loss 
EQ   T 

Delay Line 

House reflections 

Main speaker 

t t 4. 4. d B 1-effyst 
Offset

dB Level dB 
Offset 
Level 

Offset 
Level 

0
t

4 9 + 4, 4,

Other speaker(s) 

Absorption Axial Loss Distance Loss 
21 

*r Loss T 
-----...... -- ---.., --' 2x . -6 dB ------' — 1—...\ . ----. Transit Delay 

+ 
,LT Delay i 

Offset 1

Axial Loss Distance Loss Ad Loss T  ' ----...,... --• 2x . -6 de ----*. -----`,, T.—. Transit Delay 

i t t 
illB Level t O d BLevelfse, dB Level AT Delay 

Of 
 I 

Offset Offset 1 

I llf + + 4,
Axial Loss Distance Loss _... Air Loss 1 

* ------"•., ----' 2x . -6 dB Transit Delay j----

Reception (Listener) 

X Summation 
/}) 

Reflected sound 
transmission path 

c. 
Difference between direct 

and reflected sound 

Primary speaker 
transmission path 

Difference between 
primary and secondary 

speaker 

Secondary speaker 
transmission path 

FIGURE 6.3 
Amplified sound transmission flow block inclusive of room reflections and secondary loudspeaker sources. The listener hears the summed response of the 
primary speaker path, its reflections, the secondary speaker's paths and their reflections (not shown). The speaker room/interaction was shown previously 
in Fig. 6.2. The secondary speaker path is affected by its axial filtering, relative level and time offset. The decisive factors in the listener's experience are the 
differences between the primary speaker's direct sound, its reflections and those of the secondary speakers. 
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THE PRINCIPAL SUMMATION RELATIONSHIPS BETWEEN STAGE AND AUDIENCE 
• Source/room (stage source reflections with the room/stage surfaces). 
• Source/speaker (leakage from stage into the house). 
• Speaker/mic (leakage from the speakers into the mics). 
• Mic/mic (the summation of open microphone leakage at the console). 
• Speaker/speaker (overlap of speaker coverage). 
• Speaker/room (room reflections). 

Our listening experience is the sum of these summations. They lump together to create the perceived effect, but the 
techniques for controlling them are distinct. Prospects for success rise if we know which mechanism is responsible 
for a particular sonic artifact. 

Natural sound transmission has only a single avenue of summation: room reflections. The amplified sound system 
has five more. Therefore the amplified sound model must decrease the role of the room in proportion to the 
additional summation avenues in order for listeners to perceive an equivalent experience. 
Let's follow a single stage-to-house transmission path, a snare drum on stage, through the natural and amplified 
sound systems (Figs 6.4 and 6.5). The drum is struck and the impulse travels directly to the listener and indirectly 
(reflected) off the walls. Let's arbitrarily give it this example acoustic response: reverb time of 1 second 
(-60 dB) with 100 reflection paths spread evenly over that period. Next we acoustically isolate the drum and its 
transmission into the house. We mic the snare and send it to an omnidirectional speaker that transmits direct 
sound and 100 reflection paths. 

We are perfectly matched so far. Let's add a stage floor reflection. In the natural model this is just one of the 100 
paths. In the amplified model it's a multiplier. The reflection enters the mic and is imprinted on the signal sent 
to the speakers. If the floor reflection is 6 dB down, we can expect to add 90 reflections during the 1 second time 

212 period (54 dB of decay would drop it to -60 dB). We are up to 190 audible reflections (100 direct + 90 floor 
bounce). The drum also enters another stage mic. If this path is 12 dB down, we will gain another 80 or so house 
reflections (48 dB of audible decay remain, yielding 80% of the reflection paths). At this point, with 
270 paths, we have almost tripled the density of perceived reverberation without adding plaster. If we remove the 
acoustic isolation, we add the original natural path and another multiplication path: speaker leakage into the mic. 

The natural sound transmission path: Summation interaction 
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FIGURE GM 
Natural sound transmission flow block diagram inclusive of all summation path types. Direct sound from the emission source is summed with stage and 
house reflections. No other paths exist for the single source, although it may be accompanied by other sources that duplicate its signal, e.g. multiple violins 
or choir members. 
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The amplified sound transmission path: Summation interaction 
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FIGURE 6.5 
Amplified sound transmission flow block inclusive of all summation path types. Emission source enters the stage mic and proceeds through the main speaker to the 
listener. Re-entry summation paths from the main and monitor speakers flow back into the mic. Stage reflections create duplicate entry paths into the mic. Other open 
mics send duplicates into the mix console. All summations are present in the waveform entering the house sound system. Each room reflection of the speaker system 
signal multiplies all duplicate and re-entry summations contained in the console signal. The final addition is the original source and its own natural reflections. 

Hopefully this is a relatively small multiplication. Stage monitors are next and likely to be our biggest multiplier 
and source of coloration. Let's take an inventory at the mic: direct natural sound, natural floor reflection and 
leakage from the house and monitor speakers. Leakage from the stage source into other mics (and their floor 
bounces) is added in the mix console. Getting dizzy yet? Let's send this to the house speaker. We can create 5x the 
number of reflections without any effort at all. Now imagine more open mics, stage reflections, stage monitors and 
we are potentially drowning in faux-verberation. Only a fraction of this is actually generated by the main speaker's 
excitation of the room. What's left to do? Let's add some electronic reverberation! 

Openings in the transmission line change the entire perspective about room acoustics. Every re-entry and 
duplication path into the mics serves as a multiplier of the room's reflection pattern. Reflections accrue only by 
addition with natural acoustics. They accrue by both addition and multiplication with amplified sound. 

Re-entry or duplicate leakage cannot be removed once it has summed into our transmission line. The waveform 
traveling to the mic preamp may bear only vague tonal resemblance to the original acoustic source signal due to 
the combing. The damage is in our source signal. Put in horror movie terms "the killer is in the house," but the 
problem is we can't get out without bringing him along. These pre-transmission defects are embedded into the 
speaker signal and distributed equally to all seats. 

I had the personal experience of optimizing large-scale sound reinforcement systems for opera megastar Luciano 
Pavarotti. One might think the biggest challenge would be the horrendous acoustical properties of sports arenas. 
The far greater challenge was the stage monitor leakage into the singer's mic. When monitor levels rose too high we 
were left to transmit a vocal channel that was in critical condition before it left the stage. 

The implications should be obvious by now. Every effort should be made to reduce the leakage into stage mics. 
We use directional mics, close placement, noise gates, acoustic baffles and absorbing devices, in-ear monitors 
and directional main speakers. Even so, there still may be substantial leakage. The transmission signal is already 
preconditioned with an elaborate reflection pattern, which will be multiplied by the walls. Conclusion: Amplified 
sound needs fewer reflections from the room to create the same perceived reverberation in the room. 

Let's go through one more thought model to compare and contrast. Every orchestral musician is individually 
recorded (perfectly) in an anechoic chamber. The bone-dry tracks are mixed together in perfect balance and played 
back though a single omnidirectional speaker at center stage. All reflections are accrued by addition because there 
are no re-entry paths. The stage adds its early reflections and the house adds its part. We now have the same number 
of reflections added to each instrument, as we would with the orchestra live on stage. The difference is that every 
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instrument has the exact same sequence of reflections because they all originate from the exact same location. Let's 
try again but put a separate speaker on every chair and play back only one instrument in each. We again have the 
same aggregate number of reflections, but now they are all originating from unique locations and creating unique 
tonal and decay signatures. It's not amplified vs. natural. It's the funneling down of multiple sources into one pipe 
that makes the worlds collide. 

6.2 ACOUSTICIANS AND AUDIO ENGINEERS 
Acousticians and audio engineers are roommates. We don't have to be best friends but we need to get along. We've 
got pop concerts in symphony halls and opera music in sports arenas. The listening public perceives the combined 
effects of our efforts. Functional relationships are built upon mutual respect and understanding. Our interconnected 
disciplines must be familiar enough with each other's roles to find creative ways to implement mutually beneficial 
solutions. 

Architectural acoustics is a highly respected profession. Sound system engineering, not so much. Any doubts on 
this can be clarified at a cocktail party by alternately introducing yourself as an "acoustician" and as a "sound 
person." 

Respect is earned, not freely given. Acousticians were in the room 400 years before us. The first step to gaining 
respect is to clarify our needs in terms understandable to them. Our roles are separated, but our goals are unified. 
The means to achieve them are sometimes polar opposites, resulting in a substantial bridge to cross. Acousticians 
have a long-established language for evaluating the sonic experience. Historically, many of us have deferred to the 
language of classical acoustics and tried our best to fit our audio planet in the acoustician's universe. Terms that give 
clear directives for them often leave us blank. Acousticians know a reverb time of 1.4 seconds is better for opera 
than 1.7 seconds. We see trouble, and more trouble. In either case we design defensively to keep the direct sound 
off the walls. 

214 
Sound engineers maximize control of direct sound transmission, knowing they have minimal control once it hits 
the wall. The acoustician maximizes control of the walls, knowing they have minimal control of direct sound. We 
share joint custody of the natural direct sound from stage sources. Otherwise the line is pretty clear. We come first 
(in chronological order). Our work is done at the time the acoustician clocks in. 

We have scattered dialects throughout the audio world. We must translate our needs into the language of the 
established framework of acousticians. This section is devoted to finding the translation key: a Rosetta Stone for 
sound systems and architectural acoustics. 

6.2.1 Comparing our goals 
The best side-by-side evaluation starts with a matched set of specific goals. We will use the esteemed acoustician 
Leo Beranek's Music, Acoustics & Architecture as our reference point. The 1962 book originated a set of evaluative 
criteria for concert hall performance. Beranek visited halls and measured their acoustic performance, interviewing 
conductors and critics. The statistical data of fifty-four concert halls was compiled and a categorical performance 
framework created. Although no singular criterion was found that makes a hall great, certain key trends correlated 
with success. 

Eighteen categories of subjective perception were considered. Some categories were given numerical scoring 
weights while others were found to be too interdependent to be assigned discrete values. The subjective results 
were collated with objective measures such as room volume, reverb time, etc. The study correlated subjective 
and objective data, and the result was a comprehensive assessment of each hall's physical parameters to 
the listener's experience. From that point forward architectural acoustics moved ahead on a foundation of 
scientific data. 

The eighteen categories remain relevant to our current-day listening experience, whether the transmission path 
includes speakers, or not. If we achieve the same subjective effect to a blindfolded listener, we have created an 
equivalent sonic experience. This is the core issue. The physical means for acousticians and audio engineers to 
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achieve matched subjective results are very different. We will have found the translation guide we seek when we can 
relate the different means of achieving our common goals. 

Let's begin by meeting Beranek's subjective parameters (Beranek, 1962, pp. 61-71). I have paraphrased the 
parameters and generalized them beyond the symphonic experience to be independent of musical genre, venue or 
sound transmission method. 

1. Intimacy: the feeling of proximity to the music. 
2. Liveness: fullness of tone in the mids and highs. 
3. Warmth: fullness of tone in the lows. 
14. Direct sound loudness: Loudness is appropriately scaled to the musical content. 
5. Reverberant sound loudness: The reverberation has the appropriate mix of level and duration to provide 

appropriate additional loudness to the direct signal. 
6. Definition, clarity: a clear and distinct sound. 
7. Brilliance: bright, clear ringing sound, rich in harmonics. 
8. Diffusion: The spatial experience of sound arriving from all directions. 
9. Balance: The instruments and voice are in their proper level perspectives. Poor balance favors some 

instruments over others. 
10. Blend: perceived as a harmonious mix of the instruments. 
11. Ensemble: how well the musicians can hear themselves. Good ensemble is obtained when the musicians can 

hear themselves well. 
12. Immediacy of response: How well the musicians feel about the responsiveness of the sound. The goal is for the 

musicians to feel the sound and be able to adapt quiddy enough to their changes so as not to disrupt them. 
13. Texture: the fine grain of the listening experience. Sound with fine texture has richness and complexity. 
114. Freedom from echo: The desired effect is that we do not hear discrete echoes. 
15. Freedom from noise: The lowest amount of noise is desired. 
16. Dynamic range: the range between the maximum level and the noise. 
17. Tonal quality: free from the distortions of peaks and dips in the response over frequency. 
18. Uniformity: The extent to which we can create a similar experience for all listeners in the hall. 

We have a shared set of goals to keep in mind. Moving forward we will compare and contrast the methods to 
achieve them. Most importantly we'll investigate areas where methods conflict while seeking common goals. 

6.2.2 Characterizing the room 
Reverberation results from a mix of volume and absorption. Adding volume increases reverberation. Adding 
absorption decreases it. Absorption materials are mostly applied to the walls, floor and ceiling. Think of the room 
as volume, but the absorption as surface area. Reverb falls as percentage of absorptive surface area rises. The late 
reflection decay that determines the end stop in reverb time is not strongly affected by precisely which particular 
surfaces are covered. The early reflections, however, are very much affected by the placement of absorption. Stage 
performers will experience acoustic gain on a lively stage even if the rear wall in the house is absorptive. A dead 
stage and lively rear wall will have low gain and a potentially troublesome slap back echo. The percentage of 
reflective/absorptive coverage is critical to late reflection control, while its placement is critical to early reflection 
control. 

Reflective/absorptive surface placement is even more critical to speaker system performance. Relatively small 
reflective surfaces can have devastating consequences for the sound system if placed just wrong. This is where a 
potential conflict between the acoustician's plan for early reflection gain and the sound system's need for early 
reflection immunity comes to the surface. We'll return to this critical issue later. 

The elementary acoustic measurement is reverb time (RT.), the time it takes to decay 60 dB from the cessation 
of sound (section 1.6.4). An omnidirectional source excites the room from various locations and an average RT 
value obtained. Audio engineers are often surprised that speaker placement has a statistically minor effect, an 
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unthinkable paradigm for sound reinforcement, where moving, panning or tilting a speaker a small amount 
creates a dramatic change. Why? Consider that an RT of 1.0 sec includes dozens or more reflection paths, 
including enough round trips to make the starting and ending locations statistically irrelevant. The RT value 
provides a source-independent generalized room decay characterization. A directional source only changes the 
numbers slightly. An RT measurement can't tell whether our speaker system is pointed at the audience or the 
ceiling, because the reflection order doesn't matter. Don't expect the room acoustic measurements to help aim 
speakers or set your processor. 

Other metrics to evaluate early reflections include Early Decay Time (EDT), initial time gap and more. There are 
fewer leniencies regarding source location for these measurements. We evaluate early reflection arrival to any 
location in the room but not necessarily from any location (who cares about early reflections originating from 
under the balcony). Early reflection data is culled from a reduced statistical basis: smaller time window, fewer 
paths. Acousticians naturally favor the stage as the primary source location for early reflection data. This has 
minimal value for our sound design because center stage is the least likely location for the speaker system. Our 
early reflection concerns are local to each speaker on a very personal one-on-one basis. We do care about early 
reflections into and from under the balcony. Especially those coming off the ceiling where the underbalcony 
speaker is hung. 

The sound system's perceived tonal response is minimally affected once the reflected signal falls 10 dB (isolation 
zone summation). Therefore audio engineers have limited application for the last 50 dB of decay shown in an RT 
plot. Tonal action is in the top left corner of the RT plot, early in time, and close in level. The remainder decay will 
have negligible influence on equalization, level and delay settings or the fine-tuning of speaker positions. Treatment 
options for the decay tail (-10 dB to -60 dB) are acoustic solutions (primarily absorption and diffusion), the domain 
of the acoustician. 
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There is a time/frequency twist: The relationship of time offset and tonal perception is frequency dependent (longer 
time at lower frequencies). Tonal perception is strongest at bandwidths of 1/6 octave or less (critical bandwidth) 
and clearly out of range by 1/24 octave. This leaves a time window of around 5 ms for the 10 kHz frequency range, 
which lengthens proportionally as frequency falls to around 640 ms at the low end. Equalization is concerned 
with disturbances within the tonal window. The HF time window is so short that very few early first reflections are 
included. Secondary paths and late reflection are completely out of the tonal picture. As frequency falls, the time 
window expands and more of the reflections are included. Even still, the majority of the reflections are outside the 
window included in optimization decisions. 

We've found the principal area where acoustician and audio engineer must work together: strong reflections (0 dB 
to -10 dB). This small minority wields a lot of potential power. It's highly probable that strong reflections are early 
and lesser reflections are late but not necessarily assured. Strong late reflections are trouble for acoustician and 
audio engineer alike. For now we'll assume early to be strong and late to be weak. 

6.2.3 Speaker/room relations 
Each speaker/room relationship is individually evaluated because speakers are assigned to sections of the room, 
not the entirety. The natural acoustic model assumes the stage source to be omnipresent, i.e. it reaches every 
seat in the house. Our speakers divide coverage responsibility into partition zones, with local (early) and global 
(late) acoustics. Partition shapes are derived by location, coverage pattern and relative levels of the speaker 
subsystems. Each partition has unique local conditions and its own set of early reflections. Late reflections pass 
freely through the partitions and remain a shared layer over the whole space. The same rules would apply if the 
violinists were dispersed into the house to play identical parts in different audience areas. 

A frontfill speaker located on center of a high stage lip serves as an example. This speaker most closely approximates 
the natural stage source (located on stage, wide pattern, line of sound to all listeners). And yet, in practice, the 
overall room acoustics are less relevant for this speaker than any other. Its transmission will travel no more than 
four rows before handing over custody to the dominant main speakers. This is the acoustic partition. The mains 
don't prevent the frontfill speaker from reaching the back wall and exciting the full range of reflection patterns. The 
mains simply drown them out. 
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Spatial uniformity is achieved by matching the response within the partitioned areas, and minimizing disturbances 
in the transition areas. Late reverberation has high spatial uniformity by virtue of its statistical density regardless 
of the precise aiming of the speakers. Off-axis listening areas feel more reverberant because direct sound is reduced 
(the reverb level is consistent). This contrasts starkly to the natural acoustic model. 

Parameter Natural Means to 
achieve Sound system • 

Intimacy 
A feeling of proximity to the music, as if listening in a 

small room. Intimacy is achieved by a pattern of strong 
early reflections. Early arrivals should be within 5dB 

and 20 ms of the direct sound. 

Strongly 
opposed 

Intimacy is achieved by zonal separation of directionally, 
controlled speakers, which provide matched 

transmission with high direct/reverb ratio. 

Liveness 

Considered optimal when the reverberation is long 
enough to connect the music together without 

becoming so long that it restricts its ability to change. 
Symphonic music ranges from 1.5 to 2.2 seconds while 

opera ranges from 1.5 to 1.7 seconds. 

Somewhat 
opposed 

Sound systems connect the music together by mixing it 
and transmitting it from a small number of locations. 

Minimal room reverberation provides the needed 
liveliness for spatial enhancement. Too much 

reverberation restricts the music's ability to change, 
especially in the LF range. 

Warmth 
Achieved by ensuring the LF reverberation time is 
around 25% longer than the MF and HF. Largely a 

function of building materials. Plaster and thick wood 
are recommended 

Different but 
not conflicting 

Warmth is achieved primarily by equalization that 
favors the LF range. System must have sufficient LF 

power capability to maintain headroom. 

Loudness of 
the direct 

sound 

Sufficient loudness is maintained by arranging the 
seating as close to the conductor as possible. 60 ft

(18m) is seen as the benchmark, 
Different but 

not conflicting 
Powerful directional speakers in separate locations 

provide high level uniform coverage on a scale that the 
conductor can only dream about. 

Loudness of 
the 

reverberant 
sound 

The reverberant sound level must scale with venue 
size. Small rooms should have lower reverb times, 

while larger rooms need longer decay. 
Somewhat 
opposed 

Sound systems for speech and high level pop music 
must transmit with a high direct/reverberant ratio. 
Reverb can be added electronically or via variable 

acoustics to accommodate program material changes. 
(high ratio for speech and various ratios for music). 

Definition, 
clarity 

Clarity is achieved by the optimal mix of intimacy, 
liveliness and loudness 

Somewhat 
opposed 

Clarity is achieved by directional speakers (high 
direct/reverberant ratios) with defined separation 

zones. 

Brilliance 
Brilliance is achieved when the sound is intimate and 

the reverb time in the high frequency is properly 
balanced to the midrange. 

Different but 
not conflicting 

HF/MF balance is managed with equalization. Spectral 
uniformity is achieved by zonal separation of directional 

speakers. 

Diffusion 
Reflections from diffuse surfaces provide a rich 

reverberation character. Scattering provides a more 
gradual and dense reverberation tail. 

Same as natural sound 

Balance 
between the 
instruments 

Strong early reflections must have sufficient range and 
density to balance the intruments at even levels and 
frequency response. Basses are unbalanced if the 

room lacks warmth and flutes if too brilliant, 

Different but 
not conflicting 

Stage sources are isolated and balanced in the mix 
electronically. The room does not provide a mixing 
function unless the sources are transmitted from 

separate speakers. 

Blend of the 
Instruments 

A harmonious blend of early reflections is achieved by 
the positioning and spacing of the instruments, 

Different but 
not conflicting 

Instruments are separated on stage and blended in the 
house via multiple transmission channels. e.g. Stereo 

and multichannel mixes. The combination occurs in mix 
console or in the acoustical space. 

Ensemble 
A sense of ensemble on stage requires the conditions 
of acoustical intimacy described above. Achieved by 

strong early stage reflections. 

Strongly 
opposed 

Ensemble on stage is achieved by musicians that keep 
reasonable stage volumes and/or by individually 

adjustable stage monitor systems. 

Response, 
attack: 

The reverberation on stage must be correctly scaled. If 
too long the room restricts their dynamic changes. If too 

short the music lacks a continuity between notes. 

Somewhat 
opposed 

The initial response and attack comes from individually 
adjustable stage monitors followed by after effects from 

the main speakers. Stage must be isolated from the 
house system leakage (direct and/or reflected) to 

achieve the desired immediacy of response. 

Texture 
Fine texture is achieved by carefully spaced and 

sequenced reflection patterns. Steadily declining level 
over time. 

Different but 
not conflicting 

Texture is controlled globally by acoustic reverberation 
and selectively on individual signals with electronic 

reverberation. 

Freedom 
from echo 

Freedom from echo is achieved by preventing single 
reflections to stand out above the decay pattern or 

focus points to occur from the confluence of multiple 
reflections. 

Strongly 
Agreed 

Speaker systems increase risk of perceptible echoes 
due to small number of source locations, low reflection 

density and higher SPL. Concentrated directional 
beams raise chances of focused reflections. 

Freedom 
from noise 

Achieved by isolating the transmission from noise 
sources such as HVAC, vibration etc. 

Strongly 
Agreed 

Same as acoustic model with additions such as 
electronic noise, feedback, moving lights. 

Dynamic 
range 

Dynamic range is maximized by having the gain from 
strong early reflections and the minimum noise. 

Somewhat 
opposed 

Limited at the upper end by two factors: The system's 
maximum power capability and gain before feedback. 

Noise limits the bottom. 

Tonal 
distortion 

Tonal distortion can be caused by frequency dependent 
absorption, or via sympathetic vibrations or 

resonances. The room's tonal content should be 
frequency neutral (no additions nor subtractions) 

Strongly 
opposed 

Tonal distortions unique to electroacoustic systems 
include comb filtering, harmonic distortion, compression 

and sonic image distortion. 

Uniformity Uniformity is achieved by coupling all seating areas to 
the transmission system. 

Strongly 
opposed 

Uniformity is achieved by dividing the listening area Into 
isolated transmission zones. 
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FIGURE 6.6 
Comparison of natural and amplified sound models based on Beranek 's criteria for subjective evaluation of concert hall sound 
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Uniformity comparison: Symphony hall vs. theater designed for amplified sound 
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FIGURE 6.7 
Comparison of speaker system frequency responses in a highly reverberant symphony hall (left) and venue with acoustical properties more suitable for 
amplified sound (right) 

The means to achieve the goal of uniformity are often diametrically opposed. Coupling, transition and combing 
zone summation in the natural model accomplish level and spectral uniformity over distance. Front to back level 
is kept fairly even by different summation zone mixes. Up front the direct sound and early reflections are strongest, 
but at lower density. At the rear the early arrivals are weaker, but closer together in level and higher in density. 
Rising reflection density and extended time offsets create combing beyond the ear's frequency resolution, resulting 
in spectral uniformity and gradual decay of the reverberation tail over the space. 

The speaker system model creates uniformity over distance differently, by using coupling (mostly LF) and isolation 
zone (mostly HF) summation. Directional sources allow partitioning into isolated zones, which can compensate for 
range differences by selective level settings. Spectral uniformity is also accomplished by isolation zone summation 
and by minimizing combing. Isolation zone summation is likewise employed to create the gradual decay of the 
reverberation tail evenly over the space. The speaker system model uses coupling zone summation very sparingly. 
It's useful only in the frequency ranges (mostly the LF) and locations (the partitions) where it can be employed 
with minimal combing. The acoustic partitions must be properly joined as phase-aligned spatial crossovers, thereby 
minimizing the transitional disturbance. 

An itemized comparison of approaches to achieve the eighteen perception parameters is shown in Fig. 6.6. There is 
agreement or non-conflicting differences in nine categories. Commonalities include freedom from perceptible echoes, 
distortion, noise and desire for warmth, brilliance, texture diffusion and well-behaved reverb tail. Conflicts arise in nine 
categories with some recurring themes: early reflection strength, source isolation and, to a lesser extent, reverb time. 

A field example contrasting halls built for symphonic and amplified sound respectively is shown in Fig. 6.7. 

6.3 THE MIDDLE GROUND 
Where is the middle ground? Are there mutual solutions? The first strongly conflicting category "ensemble on stage" 
has long been solved: portable band shell for the orchestra, portable stage monitors for the power trio. That was 
easy. The following categories require creative solutions: intimacy, tonal variance and uniformity. Each has the same 
source of conflict: strong early reflections. 
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The most logical solution is meet in the middle, the "multi-purpose hall" of the 1960s and 1970s. Note that these 
have all been either re-purposed or de-purposed. Give the orchestra half the reverberation it needs and there will 
be strong early rejections. These rooms don't work for us either. It's not so much the overall reverb time as the 
placement of reflective surfaces that create major problems. We must convince the experts to build separate halls for 
each of us. 

Dear Mayor, 
The citizens of Bikini Bottom want a new symphony hall with perfect acoustics for the orchestra. It will 
cost tons to build and will lose more money whenever the orchestra plays (correctly priced tickets would be 
way too expensive). Corporate and private donations will take care of the $hortfall, so no problem there. 
The orchestra is willing to wear logo-covered suits (like NASCAR drivers). Since the acoustics will be 
perfect we can book rock concerts (which actually make a nice profit!) and you can do speeches (which 
makes you a prophet!). By the way, this is cheaper than the football stadium you made us pay for. 
Thanks, SB. 

This letter is ridiculous but the economics are real. Symphonies and opera companies are ongoing money losers. 
There's a good chance of positive cash flow when a rock concert or comedian is booked. Classical music patrons 
can look down their noses at pop musicians playing their sacred space, but they should appreciate that it helps 
to subsidize the symphony. Amplified sound can make money. That's why we'll be in every room built from 
now on. 

6.3.1 Variable physical acoustics 
The lose/lose path of the middle ground need not be taken. Variable acoustics is the win/win solution. Design the 
hall with modifiable acoustical features to accommodate the program material. This is now a standard approach 
for modern symphony hall construction as well as retrofits of existing rooms. The room designs must allow for 
rapid reconfiguration for acoustic properties appropriate for pipe organ, chamber music, symphony, opera and, 
finally, sound reinforcement applications. Curtains might drop from winches, wall panels rotate from hardwood 
(reflective) to soft goods (absorption), and reverberation chambers are opened or sealed. This has the potential to 
be the optimized acoustic design, one that is able to fit the management's needs to fill the hall and also fit the artistic 
needs of all participants. 

A large reverberation range is required to span classical and amplified program material. Priority is typically given 
to the symphony, even if their share of bookings is small. Addition of variable absorption on the scale required 
for optimal amplified performance has major economic impact on both construction and operational costs. As a 
result most such halls are left far more lively than optimal for sound systems. It's extremely unlikely that a hall with 
optimal symphonic acoustics can convert in a single labor call to one that's too dead for us. We'll take as much 
absorption as owners are willing to buy us. 

6.3.2 Hybrids: combining natural and amplified 
The real middle ground is the merger of both natural and amplified sound transmission, the true case of "sound 
reinforcement." It's a vulnerable situation. Stage levels must be carefully controlled so the speaker system truly 
plays a supplemental role. If one instrument overpowers the others, the mixer will be obliged to raise the rest in 
the sound system to keep pace. Things can quickly unravel from there. The sound system needs favorable locations 
and time alignment to provide plausible sonic imaging to the reinforced instruments. In essence, the sound system 
needs to be joined to the natural sound as a phase-aligned crossover: meeting in time and in level in the house. The 
union is lost if either system falls far ahead in either category. 

Another hybrid approach is often used in musical theater. A highly directional system is employed exclusively for 
vocals to maximize intelligibility. A separate stereo system of wide-coverage speakers transmits the music mix, often 
blending with direct sound from the orchestra pit. Room reverberation is willfully added to the music mix and 
provides enhanced spatial feeling. 
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6.3.3 Variable electro-acoustics 
We have previously discussed how reflections are modeled as "virtual speakers." The reverse can also happen: 
Speakers can be modeled as "virtual surfaces" and create the sound of a reverberant space. 
Reverberation enhancement systems are distinct from FOH reverb, which only adds reverberation into speakers 
carrying direct sound. The house reverb adds a realistic tail but is localizable to the speakers (not the surfaces). The 
singer is in the shower yet we feel perfectly dry. FOH reverb fails to provide the experience of spatial envelopment 
of a decaying sound field arriving from all directions. By contrast, reverberation enhancement systems increase 
the actual reverberation time in the room via a complex array of distributed microphones and speakers, which 
create a multidirectional, diffuse, spatially distributed decay. Microphones over the stage and in the house receive 
the acoustic signals. This could be direct from a stage source such as a singer, the transmission of the same singer 
through the sound system or even the off-key singer in the audience. The microphone does not discriminate. The 
signal re-enters the room via spatially distributed "reverberation source" speakers that return the signal again to the 
microphones and the process repeats. This is reflection multiplication in the literal sense. Still more multiplication 
is optionally available in the form of specialized signal processing, further increasing the reflection density. 
Processing sends unique combinations of multiple microphones to different speakers, further randomizing speaker 
interactions in the space. This prevents stable summation, creating instead the textured spatial effects we find 
in the complex reverberation tail of a plaster concert venue. Transmission of this signal by spatially distributed 
loudspeakers creates the sound of reflective walls in locations where the actual walls may be absorptive (or not 
there). This approach has stability and credibility limits, assuming we wish the reverberation system undetected. 
Re-entry summation (speakers into mics) is subject to instability, which in the worst case is runaway feedback. 
People tend to notice walls that hum, buzz or howl. We must prevent localization to an individual speaker, as that 
would give away the enhancement system's presence. This is assured by carefully controlled spacing and placement, 
and visually aided by recessed placement. 

The credibility issue links to the concept of suspension of disbelief. Impossible acoustic events arouse suspicion of 220 special effects such as a hidden sound system. Our eyes size up the room and create a scaled expectation of acoustic 
qualities for the space. Excessive reverberation enhancement pushes beyond the plausible acoustic qualities of 
the space, leading listeners to suspect trickery. A reverberation enhancement system recirculates all sound sources 
in the room, including the sounds of audience members. Clapping our hands in a small theater and hearing the 
reverberation of the Notre Dame Cathedral might force a question: Do you believe you ears, or your lying eyes? 

Reverberation enhancement systems move multi-purpose halls out of the fiction section. Halls can be built with 
reduced physical reverberation and let the electro-acoustic system extend it as needed. Settings are programmable, 
repeatable and modifiable with a click. Optimal combinations of physical acoustics and enhancement systems 
can be implemented on a day-by-day, or even cue-by-cue, basis. Both the physical acoustics and the enhancement 
acoustics must still be expertly controlled. Beginning with good acoustics is essential because the enhancement 
system only adds layers on top of the original physical acoustics. The optimal approach changes to collaboration 
between acousticians and our world of microphones, speakers and digital technology. It's increasingly obvious that 
this is the future of architectural acoustics. 

Sound systems can be installed in relatively "dead" rooms and yet have the spatial effects of a "live" space. The 
presence of reverberation enhancement reduces the room's role in providing diffusion and spatiality for the 
sound system. The reverberation enhancement system's diffuse spatial field can supplement the speaker system's 
fully uniform direct-field response. Visualize a wire frame drawing of a theater. As long as we can hang enough 
reverberation speakers all over the wire frame we've got ourselves "perfect acoustics." If only there was a way to keep 
the rain out. 

The affordable technology of reverberation enhancement redefines the boundary line between architectural 
acoustics and audio engineering. Spatial enhancement and rich decay character are the most widely sought 
acoustical properties for amplified sound applications. Those characteristics can now be undersized in the room 
acoustics and "fixed in the mix." Acousticians' focus on architectural solutions has naturally led them to favor 
solutions inside their scope of expertise and control; likewise audio engineers. The hall built exclusively for 
natural acoustics often reduces the audio engineer's options for damage control and emergency mode operation 
(and truckloads of drapes). The hall with acoustic properties of a pillow lets us mix like we're outdoors on a 
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wind-free day, with all the sound coming at us, rather than around us. Reverberation enhancement moves 
the line toward erring in favor of excessive absorption, rather than excessive reflections. It's a very substantial 
scope of work migration toward the audio engineering side, so don't expect it to be welcomed with open arms. 
Both parties are still very much in the game, however, as the creation of a plausible reverberation character still 
requires the expertise of those who know what that means: the acousticians. This technology opens up huge 
possibilities, and its acoustical success will be based upon cooperation between the audio and architectural 
sides. Reverberation enhancement opens a second avenue for the optimized sound design to meet the optimized 
acoustic design. 

6.4 MOVING FORWARD 
We're in the room together, so it's best if we can anticipate each other's needs and perspectives to find the best 
solutions. Then we can all share the credit rather than pass around the blame. We know what we need, but we 
can't expect acousticians to read our minds. Let's make it clear by creating a base specification for the architectural 
acoustic qualities we desire in the hall. 

Tips for acousticians designing halls with sound systems 
1. Give us a place for left/right mains arrays for any concert/theatrical/performance-type venue. If there is a 

stage the default thinking should be left/right. Forget the 1962 book about how great center clusters are. 
Even if a center cluster is in actual fact 100x better, no engineer wants to mix on it and they will go to 
amazing lengths not to use it. It's fine for a sports arena scoreboard. 

2. Limit the horizontal wraparound and the curve on balconies. Wraparound side seating favors a central 
focal point (e.g. the stage). This is great for visual because the show is in the center. Our speakers are off to 
the sides, in the face of the wraparound seats. A severely curved balcony gets hot on the outside because 
the seats get close to the mains. Wraparound can create an occultation on the floor below it. The seats still 221 
have visual to the stage but are blocked from the speakers far off to the side. In some cases these seats hear 
the speakers from the opposite side more than their own. 

3. Multi-level wraparounds add another level of challenge because the close seats are spread over an 
extended vertical range, with lots of obstacles and potential for strong early reflections. 

4. Keep the wraparound areas simple. Minimize the staggered, vertical, moving targets, the impossible 
twisted shapes that require us to break the system into lots of little subsystems. 

5. No side boxes. Inset boxes are tough to hit without fills or reflections. Protruding boxes have the same 
issues and they block other seats and make us need delays. 

6. Just say no to hiding the main speakers. Every living person knows speakers exist. Patrons don't care 
about seeing them, but do care about hearing them. Only the architects have this backwards. As experts 
in acoustics you know that hiding speakers in soffits behind scrims has no acoustic benefit and 
100% probability of degradation. You should be the one leading the "Free the speakers!" campaign. 

7. Give us reasonable main speaker positions and make sure people can see them. Every seat that can't 
see the mains adds cost because we must add fill speakers, channels, conduit, etc. for somebody to sell 
that seat. Good positions allow us to cover most of the house with the mains and retain a reasonable 
sound image connection to the show. If pop music is to be performed these must be left/right positions. 
Resistance is futile. 

8. Keep the macro shape simple. Main systems have a limited menu of shapes. Rectangles, trapezoids and 
fans in the horizontal. Diagonals in the vertical. 

9. Think like a speaker. We can't start and stop on a dime, cover two seats, miss two and start again. 
10. No battleships. Don't let highly reflective floating structures pop up in the middle of seating areas. We 

have to cover the seats, and our speakers are not nimble enough to avoid the collateral damage of these 
reflections. 

11. Don't make a fat lively balcony front that focuses back onto the stage or down into the seats. If it must be 
lively, make it scatter or go upward. 

12. Don't put surfaces above the uppermost seats that focus reflections downward. Dead walls, reflected up or 
scattered, are better than reflected down. 
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13. Don't make rooms go wide and then get skinny. We must cover the nearby wide area and can't make the 
coverage shrink for the rear. This is true for both planes. The surface area of our sound waves expands over 
distance. An expanding room keeps pace with us. A shrinking room creates an unavoidable collision. 

114. Suck up as much low end as possible. We'll let you know if we ever encounter a room too tight in the low end. 
15. The worst surfaces to make highly reflective (in order): inward angle near the speakers, rear wall, inward 

side wall. 
16. Kill the rear wall (especially down low near the seating). We can't set a range on our speakers and tell them 

to stop after the last row. A big lively wall right behind where we need to cover leads to two bad outcomes: 
rear seats uncovered or slap echoes off the rear wall into the house (or both). 

A picture is worth a 1000 words and takes up a lot less space. Here are some halls of fame that can illustrate the 
challenges we face with our sound systems (Fig. 6.8). 

By the way, the dodecahedron speaker lasted one listening test and now there are curtains added whenever the 
speaker system is used. Optimized sound system and optimized acoustics. 

222 

FIGURE 6.8 (A) 
A large circular room with extensive under- and overbalcony spaces. The first challenge (1) is a high, reflective dome ceiling. There is simply no acoustical 
upside to a domed ceiling and every seat below gets the downside (pun intended). (2) Extremely deep, low clearance under- and overbalcony areas extend 
outward beyond the domed part of the room. These spaces are acoustically uncoupled from the central domed part of the room, unable to see the main system, 
thereby requiring multiple delay rings. (3) The tall, radial balcony front reflects a coherent wavefront back toward the stage. (4) The balcony wraps very far 
around and is staggered, adding to the challenge of covering all seating areas while avoiding the balcony reflection 

FIGURE 6.8 (B), (C) 
(B) A complicated room with a variety of reflective areas mixed in with the target coverage area. Loudspeakers have a limited menu of shapes they can create. 
They can't stop and start or turn on a dime. Cover here (Yes), then skip this section (No!) and then resume coverage again (C) An extreme version of the 
continuously sloped radial balcony. (1) The extreme curvature, steep downward slope and very low underbalcony clearance create the need for extensive 
delays (four levels deep in places). (2) The line of sight to L/R positions is blocked in a huge number of seats on the 1F and 2F. (3) The balcony front focuses 
reflections back on to the early rows and stage 
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FIGURE 6.8 (D) 
Domed walls line the inside of a domed building whose primary function is speech presentations from a podium. (1) All walls are reflective and return multiple 
strong reflections to every seat from every direction. (2) The seating area narrows at the rear of the room, an impossible feat for sound propagation, ensuring 
more spill on to the walls. (3) Forcing the sound system to hide in a soffit only makes things worse. But there's more: (4) It's behind the podium. 
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FIGURE 6.8 (E) 
A small minority of seats can have an outsized impact on the sound system. We have to cover EVERY seat so tiny islands of seats are a serious issue. 
(1) A "president's box" juts out of the side of the balcony (2) blocking seating below and behind. The five seats in the box need to be covered, as do the blocked 
seats. (3) A side seating area of six seats requires coverage. We must aim the mains there (reflection risk) or add multiple fill speakers. (4) There is a huge flat 
reflective side wall just above these seats, which means we need specialty coverage with a tight vertical pattern, i.e. we can't hit it with the same speakers that 
cover the balcony. These twenty-two seats comprise <2% of the seating capacity 

FIGURE 6.8 (F) 
Reflecting panels are placed in positions that create trouble for a UR main system. A center cluster would have a better chance but (please make a note of this) 
nobody wants center clusters. (1) Huge downwardly angled reflector panels are located very near the L/R main positions. Nothing good can come from this (for 
the sound system). (2) More downwardly angled reflectors are lurking right over the wraparound balcony. We can't cover those few seats without trouble for a lot 
of seats. (3) Wraparound is staggered with low clearance and blocks line of sight to 2F seats and (4) also blocks the 1F seating. 
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FIGURE 6.8 (G), (H) 
(G) This room has many large reflective surfaces in locations that wil l be difficult to avoid. (1) Side balcony boxes are staggered down to make a moving target. 
(2) Large, flat reflective surfaces are above the staggered boxes. Tiny numbers of seats are nested among giant reflectors. (3) The upper side of the balcony in 
front of the boxes reflects right into the faces of listeners, giving them a personal combing zone. The extreme wraparound puts the lower boxes right in the face 
of the left/right mains, which must blow through them to get to the rear of the first floor. (4) The center section of the balcony is extremely thick and reflects 
down into the underbalcony area. (5) Another giant reflector brings sound down from the ceiling (H) Never marry a symphonic orchestra. They will run off 
with a younger hal l and leave you with a lifetime of reflection. Here we have classical leftovers in a room that hosts 100% amplified sound events. The photo 
approximates the point of view of the house right mains. We can play the yes/no coverage game here as we did in example hall B. (1) There are battleship boxes 
with a tiny slice of seats protected by reflectors on all sides. (2) There are staggered lower-side boxes whose reflective fronts are on axis to the L/R mains. 
(3) A very tal l and lively back wal l is behind the 2F seating. (4) The upper level horizontal width is reduced by a flat reflective wall that we must hit to get to the 
other seats at that level 
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FIGURE 6.8(J), (K) 
(J) A complex hall with only the center location available for sound. Seating is 360° around the room and the height of the seating is the ultimate moving target 
(as are the highly reflective areas). (1) The two balconies are segmented into small sections at different elevations. The 2F side box is the same elevation as the 
1F rear center seats (and the same for 3F side and 2F center). (2) Large reflection hazards are found above and below each staggered segmented seating area. 
(3) Side boxes are two rows deep (a tiny vertical target) with flat walls above and below, reflecting back onto the stage. No simple aiming solutions apply and 
margin for error is low (K) This is similar to the hall (J) above with but with only one balcony and an additional twist: The left side of the room is different from 
the right. (1) Seating areas are a staggered moving target. (2) There are down-angled reflectors just above the seating. (3) Staggered balcony fronts cannot 
be easily avoided. Bonus: Sightlines require high speaker trim and many floor seats lack line of sight to the mains 
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FIGURE 6.8 (L), (M) 
(L) (1) A simple, continuous rake in a gentle fan shape, an ideal shape for the modern L/R l ine array. A single vertical aiming solution works for the whole room. 
(2) Reflective wall near the L/R main positions would benefit from acoustic treatment. (3) The available position for delays is not deep enough into the room to 
be useful. Fortunately, they were not needed (M) A small arena with uniform seating arrangement. The shape allows for an easy single aiming solution (1) for 
an uncoupled array spread along the catwalk. (2) Although the room has a domed ceiling, the target shape and speaker locations make it easy to evenly spread 
direct sound over the whole seating area 
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FIGURE 6.8 (N), (P) 
(N) A three floor shoebox hall. (1) The side walls are acoustically treated (variable physical acoustics). (2) The balcony clearance ratios leave us with good line 
of sight, minimal need for delays and minimal impact on how mains are aimed. (3) The balcony front is very thin so there is minimal risk of reflections, which 
also eases the aiming (P) This is a three-balcony version of extended wraparound side seating. (1) Again the balcony clearance ratios are favorable for minimal 
delay. (2) The balcony fronts are a bit larger but are rounded to scatter the reflections. (3) Wraparound side seating always presents a challenge but this one 
maintains the same elevation as each balcony (a much easier target for our speakers) 
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r7-71  MINIMIMP 

FIGURE 6.8(0) 
We are happy to know that our sound engineers are safe in their bunker. They won't be able to hear any complaints from the audience (because they can't hear 
anything at all from there). (1) The booth has no line of sight to the main system and only barely gets coverage from the tiny underbalcony delay speakers. 
(2) Somebody got paid to design this (and it wasn't a sound engineer). They obviously don't know the first thing about sound system design (because the first 
thing is NEVER put the sound booth in an underground bunker) 

FIGURE 6.8 (R), (5) 
(R) A hall built for amplified sound, each with a single balcony. (1) Underbalcony clearance allows for unobstructed line of sound to the L/R mains at all seats 
and very minimal underbalcony assistance. (2) The balcony front was fairly thick, but diffuse (did not focus a reflection) and has minimal wraparound. Side 
walls were absorptive in the HF and fairly avoidable due to the lack of shape complexity. (4) The arrays were allowed to be in the open and hung low enough to 
steer over and under the balcony. (S) The hall's acoustic design included a variable acoustic system (electro-acoustic architecture) from the start, along with 
large-scale sound reinforcement. The RT of the room itself was extremely short but it can be greatly extended without tonal coloration of the sound system. 
(1) Underbalcony clearance required no delays and had 100% line of sight to the mains. (2) Balcony front was thin and angled to aim the reflection harmlessly 
upward. (3) Side and rear walls were full-range absorptive. (4) The sound system is openly visible and placed at a favorable height. There were no hard 
reflective walls near the L/R positions so the sound system had minimal tonal coloration. My favorite room ever (at time of writing). 
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