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ABSTRACT 

There is a demand for research on the transferability of surround sound audio from one planetarium to another, so 
that 1) audiences have similar experiences, and 2) audio engineers can easily create this experience.  This research 
will consider: acoustics, production, delivery, equipment, and seating arrangements.  Our recent survey of over 100 
planetariums worldwide in the fall of 2007 will provide a look at current practices.  The University of Colorado 
Denver and Gates Planetarium have collaborated in order to explore the potential of current audio technology, and to 
discover what similarities and differences exist between planetariums in order to achieve this goal of transferability.   

 

1. INTRODUCTION 

In 2006, Operations Manager Dan Neafus at the Gates 
Planetarium at the Denver Museum of Nature and 
Science approached the Recording Arts department at 
the University of Colorado Denver about collaborating 

to find a solution for sharing audio with other 
planetariums around the world.  Neafus and the student 
team, led by Assistant Professor Leslie Gaston, have 
spent the last year and a half doing research on the 
dilemmas faced by Gates and other planetariums 
worldwide. 

AES 

 



Gaston et al Sharing Audio among Planetariums 
 

AES 124th Convention, Amsterdam, The Netherlands, 2008 May  17–20 
Page 2 of 15 

A planetarium is a facility that provides education to the 
general public about astronomy and the night sky.  
Many planetariums (or “planetaria” – both terms are 
acceptable) provide star shows using anything from a 
“star ball” with intricate systems that utilize points of 
light to simulate the stars, to multiple digital light 
projectors (DLPs) with complex video and graphics.  
Perhaps predictably, our survey shows the visual 
experience is rated as more immersive than the aural 
one (see Appendix).  There is a widespread sentiment 
among planetarium operators that some sort of 
standardization should be implemented to promote ease 
of sharing (92.5% in favor) and audio quality (91.1% in 
favor, see Appendix).   

The outcome of the research, which includes a survey of 
over 100 planetariums worldwide, is a step towards a 
solution for more effective sharing of program material 
between planetariums, and towards better sounding 
shows.  Our research also provides observations about 
the following areas: acoustics, production, delivery, 
equipment, and seating arrangements.  The results of the 
survey are referred to throughout the paper and can be 
found in the Appendix. 

2. ACOUSTICS 

2.1. Planetariums in General 

The domed surface of the planetarium and 
corresponding loudspeaker placement present many 
challenges.  Although loudspeaker correction would be 
highly recommended, less than half of the planetariums 
surveyed (47%) use any type of equalization or delay to 
compensate for room anomalies.  Other factors include 
the surface of the dome onto which the visuals are 
projected (acoustically transparent, perforated 
aluminum in most cases) and behind which the speakers 
are situated; the seating in the theater; the arrangement 
of the loudspeakers, and the type of construction 
material surrounding the dome itself. 

A study done at Brigham Young University’s 
Summerhays Planetarium concluded that BASWAphon 
acoustic material can help control unwanted reflections 
from a planetarium dome, and is also good for 
projecting images.  In addition, they found that 
directional loudspeakers improve speech intelligibility 
by keeping sound out of the dome. [1] 

In 1987, a system with 38-loudspeakers was described 
by Heringa, Kok and Dekeyrel.  The loudspeakers 

reproduced sound from 6-track magnetic film. The 
study quantified localization error, and attempted to 
solve the problem by creating loudspeaker “clusters” for 
each of the 6 channels. [2] 

2.2. Initial Work with B-Format Material 

Acoustical challenges manifested themselves early in 
our research.  Part of our initial work attempted to 
answer the question posed by Neafus, “can a production 
in 16 channels be encoded as B-Format in one venue, 
then played back at another to sound identical?”  This 
early research included an attempt to play back B-
Format recordings at Gates Planetarium, a 125-seat 
theater with a dome 56 feet in diameter and a 25º tilt.  
The B-Format decoding was done in the Lake Huron 3D 
playback system.  Our team brought in recordings that 
were done with a Soundfield microphone, which 
captured a percussion ensemble playing claves around 
the mic, and an a cappella choir group singing around 
the mic.  

Ambisonic B-Format is comprised of three figure-eight 
(bidirectional) pressure gradient sound components (two 
horizontal and one vertical) and one spherical reference 
point of absolute pressure in a three-dimensional sound 
field.  The four axis components are W (the spherical 
reference point of absolute pressure), X (front to back), 
Y (left to right), and Z (top to bottom). The recording 
and reproduction of B-Format audio is a four stage 
process: 1) recording a sound source using a special 
microphone (such as the Soundfield), 2) encoding the 
signal to audio files, 3) decoding the files, and 4) 
playback through a surround sound system [3].  

The initial hope was that the principles of B-Format 
would allow the sharing of content among planetariums 
and provide audiences with an immersive sound 
experience that equals the visual experience, while 
retaining the immersive quality and accuracy of the 
original venue’s audio placement. By preserving the 
“essence” of a show’s audio mix, the content could be 
shared and fine-tuned for each planetarium’s audio 
system. 

However, the limitations of the B-Format playback 
system is related to the order of recording and decoding 
being done; with only a 1st order recording, such as that 
of the Soundfield mic [4], the playback resolution 
needed for accurate localization over a very large 
“sweet spot” (such as 125 seats) is not achievable. The 
higher the order, the higher the spatial resolution is [5], 
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[6]. A higher order system is desirable, 4th order 
minimum, allowing greater directionality to be 
achieved, and allowing the original content to be 
successfully transferred and shared.  

When we first decoded the B-Format files to 5.1 (using 
Soundfield’s SP451 Surround Sound Processor) and 
listened to them in a studio with a 5.1 ITU setup, we 
heard an immersive and accurate soundfield for a small 
listening area.  Then at Gates, we decoded the files 
using the Lake Huron. This time, the location of 
primary instruments was blurred and confused.  Each 
team member stood in a different part of the theater, and 
identified the speaker (or speakers) nearest them as the 
source of the primary musical content.  This is 
illustrative of the precedence effect, the low order 
recording, and decoding of the B-Format source files.  
Further, high early reflections from the front of the 
theater certainly contributed to localization errors (see 
Figures 3 and 4).   

As part of preliminary research, we discovered the 
answer to our first question (regarding encoding 16 
channels and decoding them at a different venue) would 
be, “no”, unless higher orders of encoding and decoding 
could be achieved. As explained by Arnaud Laborie, 
general manager of Trinnov Audio, “The Ambisonic 
decoding process has a ‘cardioid resolution’”. That is to 
say, if you put 16 discreet sources in, you will not get 16 
discreet sources out: rather, there will be a "smeared" 
version of this upon decoding, where every source turns 
into a "wide" version of the original [7]. 

It was at this point the team decided to investigate 
loudspeaker correction, and shifted the focus of our 
research from playing back B-Format material to the 
immediate issues of sharing audio in planetariums 
(paying attention to the number of different setups 
worldwide).  It is also noteworthy that none of the 
planetariums surveyed are working with Ambisonics 
material at this time. 

2.3. Loudspeaker Correction 

Loudspeaker correction is necessary in order to address 
the characteristics of a room.  Correction in the 
frequency and time domains is particularly effective in 
correcting room response and lowering reflections [8]. 
Loudspeakers interact with a room to influence our 
perception of perceived image position, sense of 
spaciousness, and timbre [9].  Uncorrected loudspeakers 
will thus have detrimental effects on these parameters.  

The process of correction can itself yield undesirable 
results; however, a number of solutions are available 
and described in various papers.   

It is important to note that attempting to correct for just 
frequency response is not enough.  An article in a 1983 
Planetarian journal [10] attempted to describe the need 
for improving audio in planetariums, especially for 
prerecorded programming.  Although it was a unique 
study for planetariums, the focus was only on frequency 
response and RT60 values. 

Very high early reflections, such as those measured at 
Gates (see Figure 3), can disrupt localization ability and 
spatial characteristics of the recorded audio.  In studios, 
early reflections should be 10 dB softer than the initial 
sound within the first 15 ms [11]. In reality, higher 
reflections may be common in planetariums.  

The impact of having uncorrected loudspeakers at one 
venue for a given program is that audience members 
will have very different experiences of that program.  It 
stands to reason that differences will also be heard from 
one venue to the next. Other perceptions, such as 
whether a mix sounds “muddy”, “murky”, or “thin”; and 
even speech intelligibility are certainly impacted.  More 
to the point, uncorrected loudspeakers pose an obstacle 
to the goal of effectively sharing content. 

2.3.1.  “Manual” Methods 

For those venues that do perform correction, various 
methods are used.  Some planetariums attempt to solve 
the problem manually, which can be quite time 
consuming, as described below. 

Our team gathered data from Gates, which currently 
does not do any loudspeaker correction, using 9 
microphone positions, exciting each of the 16 
loudspeakers with pink noise, which gave us 144 sound 
files to analyze.  With this data, we could only look 
forward to doing frequency-based correction by either 
buying 16 graphic equalizers, or manually attempting to 
use the Media Matrix or Lake Huron software to insert 
an EQ on each channel.  We might also have had to 
decide which position was the optimal position to 
measure any changes we made.  This initial approach 
did not take into consideration any correction for phase 
or delay; rather, it was meant to illustrate differences in 
frequency response with respect to seating location.   
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The data did illustrate the wild variances in frequency 
response at the nine locations measured for each 
loudspeaker.  Shown here are just two of the mic 
positions: 

 

Figure 1: Sound Forge spectrum analysis for a rear 
loudspeaker measured at point “A”. 

 

Figure 2: Sound Forge spectrum analysis for a rear 
loudspeaker measured at point “B”. 

The data in Figures 1 and 2 clearly showed the kind of 
frequency differences that would be experienced by 
individual audience members.  At point “B”, bass 
frequencies are louder, and there is a sharp dip near 2 
kHz, a frequency related to the “presence” of vocals.  At 
point “A”, there is an abundance of energy at 800 Hz.  
Based solely on these two examples, it is possible that a 
listener at point “B” might perceive a boomy mix with 
indistinct narration, and a listener at point “A” might 
perceive a “boxy”, “hollow” mix.  Of course, the 
problem is compounded when multiple loudspeakers 
interact with each other. 

2.3.2.  “Automatic” Methods 

Over 70% of respondents to our survey indicate that 
they are using 5.1 systems or higher.  The number of 
loudspeakers at planetariums means that a faster and 
more accurate way of achieving loudspeaker correction 
is desirable. 

Devices for loudspeaker correction are used on a regular 
basis in studios and theaters.  One such device, the 
Trinnov Optimizer, is a loudspeaker correction system 
that can perform measurements and calibration of 
frequency response, phase, and delay using Fourier-
Bessel analysis and the concepts of “high spatial 
resolution” [12]. Based on a conversation about the 
dilemmas faced by planetariums, Trinnov showed 
interest in our project and agreed to assist us with 
measurements at Gates and at Chabot Planetarium in 
Oakland, California.  

The correction made by the Trinnov Optimizer to a 
room’s acoustics is impressive, and can be done very 
quickly.  The following figures were generated by the 
Optimizer and show the impulse, frequency response, 
and phase correction done for one loudspeaker (#6) in 
the dome at Gates: 

 

Figure 3: Impulse response before compensation by 
Trinnov Optimizer 
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Figure 4: Impulse response after compensation by 
Trinnov Optimizer 

 

Figure 5: Frequency response before compensation by 
Trinnov Optimizer 

 

Figure 6: Frequency response after compensation by 
Trinnov Optimizer 

 

Figure 7: Phase response before compensation by 
Trinnov Optimizer 

 

Figure 8: Phase response after compensation by Trinnov 
Optimizer 
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The figures show that a good amount of frequency and 
phase correction is achievable by one device, without 
the need for 16 individual rack spaces of outboard eq. 
The Optimizer has greatly improved the extreme phase 
anomalies between 90 and 130 Hz, and above 1 kHz.  
Localization errors will likely be reduced to some 
degree, and the overall clarity and speech intelligibility 
of a production greatly improved. 

Because of the Fourier-Bessel analysis, which takes into 
account the space domain of the signal, it is likely that 
correction done based on a measurement in one location 
will result in a greatly improved “sweet spot” for 
listening.  This is because the phase and frequency 
response corrections allow for improved phantom 
imaging between loudspeaker combinations. For an in-
depth explanation of this process, refer to the Trinnov 
whitepaper, “5.0 Sound Recording in High Spatial 
Resolution” [13]. 

Below 90 Hz, phase problems still exist, which may 
point to the need for additional room modifications.  
However, the Optimizer has achieved some important 
improvements. Localization issues are not an issue 
below 80 Hz, but audience members in different areas 
will certainly experience a different mix balance of bass 
and LFE content. 

2.3.3. Loudspeaker Placement 

There are currently no standards among planetariums 
about speaker arrangement. Each planetarium must 
therefore either create a custom, in-house mix or 
recreate a basic surround mix played back over a 
number of certain speakers.   

This does make work towards standardization difficult, 
but with stereo, L-C-R and 5.1 setups as a starting point, 
it’s possible to arrive at consensus for general 
production elements. 

At Gates, the 16 main loudspeakers are arranged as 
follows: 

 

Figure 9: Speaker placement at Gates, looking towards 
the front.  Note the tilted hemisphere. (Summit 

Integrated Systems, Broomfield, Colorado) 

 

Figure 10: Bird’s eye view of speaker placement  

 

Figure 11: Side view of speaker placement  

The height of the dome is 24 feet above the floor, the 
circumference is 173 feet, and the tilt of the dome is 25º. 

 

FRONT 

FRONT 

FRONT 
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Speaker Position 
(See Figure 12) Distance Elevation azimuth 

1 10.26 m 36.7º 30.3º 
2 10.24 m 35.4º 0.1º 
3 10.05 m 34.0º -19.5º 
4 10.31 m -11.7º 1.0º 
5 9.64 m 42.8º 76.2º 
6 9.40 m 36.4º -77.0º 
7 8.81 m 47,9º 135.9º 
8 8.65 m 43.4º 133.2º 
9 10.41 m -1.7º 18.7º 
10 10.58 m -4.5º -15.7º 
11 10.34 m 8.1º 57.6º 
12 10.30 m 48.6º -2.0º 
13 9.89 m 1.0º -56.8º 
14 9.77 m 23.1º 95.0º 
15 8.95 m 63.4º -176.5º 
16 9.47 m 16.4º -94º 

Table 1: Loudspeaker positions at Gates relative to 
calibration microphone in center of the theater. 

 

Figure 12: Top view of 16 speaker locations numbered 
1-16, with 5 “virtual” (ideal) ITU speaker locations (L, 
C, R, Ls, and Rs). The Trinnov can remap audio going 
to the 16 loudspeakers so that sound appears to come 
from the virtual ITU positions. 

2.3.4. Informal Listening Sessions 

Depending on where the calibration microphone is 
placed, and at what angle, the Optimizer can reproduce 
a “spatialized”, 5.1 channel layout using multiple 
loudspeakers.  Recall that the ITU layout for 5.1 is 
based on a horizontal plane of speakers. At Gates, some 
of the main speakers are below the listeners, while for 
everyone the rear speakers are at least 5 feet above!   

Our team did some “before and after” comparisons in 
Denver, using the Trinnov Optimizer.  With our 
research team standing in various places in the theater, 
we played speech samples through a number of 
loudspeakers used to simulate the different 5.1 channels: 
Left, Right, Center, Left Surround, Right Surround, and 
LFE (see Figure 12).   

In order to simulate a 5.1 “ITU speaker layout”, the 
Optimizer was used to perform spatialization of the 
audio channels, so that each channel (L, C, R, Ls and 
Rs) was reproduced using energy from a combination of 
the 16 loudspeakers available.  This simulation “placed” 
the audio from the right channel according a “planar” 
ITU layout;  as you can see in Figures 7 and 9, the 
center speakers are not on the same plane as the bottom 
ring of speakers. 

Without loudspeaker correction, team members pointed 
to different locations in the dome in order to indicate 
from which direction they heard the sound. In one test, 
the “right channel” was played alone.  The team was 
asked to point at the direction where the perceived the 
sound. As the sound played, the loudspeaker correction 
was engaged, and the team members all moved their 
fingers to point towards the same area.  This was an 
exciting and encouraging result. 

3. PRODUCTION 

As previously mentioned, planetariums are mostly used 
to educate the public about astronomy.  These shows 
can be done with star machines or even with high 
definition video displayed with a complex network of 
digital projectors.  

Audio needs can be as simple as using a PA system to 
amplify a presenter’s narration.  However, for larger 
productions, some planetariums produce their own 
shows, which can be live or prerecorded (or a hybrid of 
both).  For example, a show might have a live narrator 
with prerecorded visuals and audio.  Another event 
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might feature live musicians and live visual 
“navigation” through the universe.  Other visuals can 
include laser shows or, as is currently being explored, 
computer “visualizer” programs with audio “vee-jays”.  

3.1. Prerecorded programming 

The most popular editing tools used by planetariums 
who produce and edit their own shows include: Pro 
Tools, Adobe Audition, Nuendo, and Vegas.  Almost 
half of the planetariums do stereo only, but 54% of 
planetariums indicate they do accommodate shows in 
5.1.  Other formats, such as cube, 7.1, and 16.4 are used 
as well.   

Despite the lack of a consensus regarding speaker 
configuration and correction, planetarium operators 
have found ways of dealing with the myriad of issues 
related to sharing content.  The most troublesome 
aspects of doing remixes reported by our respondents 
were: 1) trying to balance music with narration, and 2) 
addressing intelligibility problems.  However, some 
theatres did report that they didn’t make any changes to 
incoming programming. 

With regards to sharing content, respondents were 
asked, “Beyond simple volume control, what aspects of 
the mix do you control?”  The most common answer 
was “equalization”, followed by panning, foreign 
language track insertion, track remapping, downmixing, 
and spatialization. 

These types of activities will continue due to the 
different set ups at each venue, but hopefully the need to 
re-equalize programming would decrease once 
operators start adopting some recommended changes to 
their loudspeaker setups. 

Case Study: Preliminary remix of “A Cosmic 

Journey” 

The research group was given a new version of a show 
that had been previously produced for the Gates 
Planetarium called “A Cosmic Journey”. Extra video 
footage, and some music from a live performance at 
Gates (see reference to Kenji Williams in section 3.2) 
had been added to the show. A rough 5.1 mix was 
created using a studio off-site. The mix was then 
brought back to Gates Planetarium and monitored with 
spatialization by the Lake Huron. Certain aspects of the 
show had to be remixed (the LFE channel and narration 

track) once the mix was heard in the dome. The Trinnov 
was added to the audio system using the calibration 
“snapshot” it had taken of the dome, but not the 
spatialization function, which was instead handled by 
the Lake. When the mix was played using the Trinnov, 
it had a significant increase in intelligibility, and 
improved spatialization from the uncalibrated 5.1 mix.  
Those 16 channels of corrected audio were recorded 
into Nuendo, and exported as files to be married with 
the final picture. 

3.2. Live Programming Elements 

Many planetariums also do live events; 68.7% of those 
surveyed responded that they do programming other 
than prerecorded shows, and thirteen of those have live 
concerts featuring anything from chamber music to 
electronic music.  Other activities include NASA 
broadcasts, “star talks”, classes, lectures, and laser 
shows. 

Case Study: Live concert production at Gates 

Gates Planetarium hosted two live concerts in 2007 
featuring experimental musicians. Our research team 
provided audio support for the shows, and faced the 
usual challenges of isolating / enhancing sounds from 
the stage and creating an enveloping mix in 5.1.   

Violinist Kenji Williams performed solo in a show 
called “Gaia Journeys”, using computer-generated beats 
(in Reason) and live synthesizer sounds to add to the 
sound coming from the pickup on his violin, which was 
processed using delay and reverb.  He was provided 
with a Yamaha 02R mixer in order to do a “sub-mix” 
which kept with his musical intentions.  The audio team 
used another 02R to create a 5.1 mix of the audio.   

The stage is located below the seats, so that the 
audience had to look down at Williams. In addition, 
scenes of the Earth and solar system were projected 
overhead.  These created a challenge for the audio team, 
who had to overcome the disconnect between the 
acoustic sound coming from Kenji’s violin on stage and 
the speakers which are mostly overhead.  

The team relied on the front speakers for the violin part, 
and panned the keyboard and drum sounds a little more 
to left and right.  The surrounds were used very 
sparingly. 
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In another show, guitarist Richard Pinhas performed 
with Jerome Schmidt (drums) and Antoine Paganotti 
(laptop).  Again, visuals were provided of the planets 
and stars.  This time, there was plenty of sound coming 
from the stage from the drums and guitar, and a fine 
opportunity to experiment with live, dynamic panning in 
5.1.    

Sharing content in these scenarios depends on whether it 
is the desire of the musicians (or producers) to have an 
identical experience from one venue to the next. 

Case Study: Live narrator at Oschin 

One of the challenges observed at Oschin Planetarium 
in Los Angeles, California, was blending the element of 
a live narrator with a prerecorded show called “Centered 
in the Universe” which contained visuals, music, and 
effects. 

At the beginning of the show, the narrator walked 
through the audience with a wireless mic and performed 
the introduction.  When the “movie” segment of the 
show began, the narrator moved to sit behind the 
audience and continued to read the accompanying 
script. This turned out to be somewhat distracting.  The 
narrator took his place behind the audience to read the 
remainder of the script. The result was a timing problem 
between the direct sound of his voice in the planetarium 
and the audio coming from overhead speakers.  This 
problem could be addressed by working more with 
delay times, or by having the narrator move into an 
enclosed booth, or behind plexiglass baffles. 

3.3. Narration elements 

The narrator’s voice is the biggest determiner of 
perceived audio quality, since it reveals the majority of 
problems. Intelligibility is an important factor, and 
anomalies such as comb filtering and localization errors 
are easy to detect with a single voice.  The convention 
for cinema is to have the narrator’s voice panned to the 
center; however, in a domed environment, there is no 
consensus on where “center” is.  

For example, if the dome is tilted so that part of the 
hemisphere is in front of the audience (as in Figure 11, 
with the audience seated as in Figure 13) will “center” 
be a speaker located directly in front of the listener? Or 
the top of the hemisphere?  

If the dome is horizontal, so that the audience is seated 
below the hemisphere, and all the seats are on a flat 
surface (see Figure 14), will “center” be a speaker 
located at the apex of the dome? 

 

Figure 13: (Gates Planetarium) Example of cinema-style 
seating with a tilted dome (see also Figure 11). 

 

Figure 14: (Oschin Planetarium) Example of floor 
seating with a horizontal dome overhead. 

At Chabot Planetarium, the production team received a 
show (“Black Holes”) that originated at Gates 
Planetarium.  They tried to spatialize the voice by 
putting a little in all speakers.  However, the precedence 
effect took over, and the narrator’s voice appeared to 
come from the side of the screen nearest the listener. 
The attempt to widen the narrator’s voice by simply 
adding them to left and right channels worked to the 
detriment of the mix.  
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At Gates, the narration channel does come from a center 
speaker in front of the listener.  The planetarium tries to 
stay away from a “voice of God” effect, where the voice 
comes from all around.  This approach is preferable in 
terms of the psychological effect of having the narrator 
speaking directly to you, instead of at you.  One 
drawback could be that the voice is too “dry” or 
“lifeless”.  

For both examples, it’s possible that a judicious amount 
applied reverb with the voice assigned to the center 
speaker might help “make the voice bigger”. 

3.4. Envelopment vs. localization 

It is desirable to have effects that match the location of 
objects on the screen, such as shooting stars, or the 
sense of traveling past a planet on the right, for instance. 
For these elements, localization is important.  
Thankfully, the visual component does help mitigate 
localization error; however, major reflections and errors 
will be distracting [14]. It has been observed at Gates 
that high frequency content from the rear reflects from 
the front - to such an extent that the image appears to 
originate from the front. 

Another example of the importance of localization is 
illustrated by production elements that are intended to 
pan around the screen, such as the sound effect of a train 
circling the theater used in a production at Chabot. 

In most cases, music and some effects should be 
enveloping, and give a more immersive feel.  The need 
for localization is not so important here, but high-
frequency, percussive elements (such as high hats, 
shakers, sound effect “whooshes” etc.) can give away 
problems in the room. 

Finally, it is desirable that the distinction is made 
between “enveloping” and “immersive” versus “washy” 
and “indistinct”.  Some amount of education and 
listening demos should be done with planetarium 
operators in order to show the difference. 

4. EQUIPMENT CONSIDERATIONS 

4.1. Types of Equipment 

Some planetariums are well-funded, while others 
operate on small budgets.  There is a wide variety of 
equipment reported in our survey, from consumer 

receivers and DVD players to fully-integrated DSP 
devices costing tens of thousands of dollars.   

A partial list includes: 

• Integrated DSP, routing, and spatialization: BSS 
Soundweb, Lake Huron, Media Matrix. 

• Loudspeakers: Meyer, JBL Eon and SR, D&B, Nexo, 
DAS, Mackie, Bag End, Yamaha, Pioneer, BOSE, 
Altec. 

• Amplifiers: Hafler, Marantz, Crown, Ashly 

• Equalizers: ART, Alesis, dbx 

• Mixers: Mackie 1604 VLZ, Yamaha O2R 

• Tape / ATR: 35 mm mag, Tascam reel-to-reel 
machines, MX 2424 Hard drives. 

 

4.2. Signal Flow 

A look at the Gates signal chain provides examples for 
production workflow: 

For live mixes, stage sources are sent to a Yamaha 02R 
mixer.  Optical outputs from the mixer are plugged into 
inputs on the Lake Huron for spatialization.  The Lake 
goes to a Friend-Chip optical router, and are assigned to 
the Peavey Media Matrix, which handles digital signal 
processing and routing.  From there, signal is passed on 
to the Apogee D/A converters, and sent to the 
loudspeakers.  Clock can be provided by the first item in 
the signal chain, but having an external clock feed each 
item individually is more reliable. 

For prerecorded shows, video and audio come from the 
SEOS Media Player and are sent directly to the Peavey 
Media Matrix, to the Apogee converters and to the 
loudspeakers. 

4.3. SEATING ARRANGEMENTS 

The variety of seating arrangements with respect to the 
domed viewing area also presents an area of concern for 
content producers. Some are “theater style” with all of 
the audience facing forward (Figure 13) and looking 
ahead or above; while other venues offer circular 
seating, on a flat floor where all audience members look 
straight up at the screen (Figure 14).  Therefore, 
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placement of the main dialog channels from one venue 
to the next can be a challenge.  Theater sizes range from 
a few dozen seats to almost 400 seats in a venue. 

Head Related Transfer Functions (HRTF’s) are an 
important consideration as people look up, around, and 
sometimes even turn in their seats to watch objects on 
the screen flying overhead.  In fact, in tilted domes, 
people look up more often than they look forward; and 
in horizontal domes, the audience is always looking up.  
Fortunately, this seems help with localization, assuming 
the planetarium has an adequate number of rear 
loudspeakers. 

5. DELIVERY 

A program can be shared among planetariums in a 
number of ways. Attempts at standard practices seem to 
be adopted from broadcast and cinema, but there are no 
written standards accepted or published by the IPS for 
shows destined solely for planetariums.  

5.1. Media 

The various media accepted for playback and transfers 
at planetariums include DVD-ROM, DVD-Video, 
DVD-Audio, DTRS tapes, Laser Disc, VHS, hard 
drives, Betacam, DAT, and CD. 

5.2. Track Layout 

In addition to the “usual” 5.1 channels of Left, Right, 
Center, Left Surround, Right Surround, and LFE show 
producers use often use a “top” channel. Formats such 
as 6.1 and 7.1 are not as common, but are being used. A 
variety of channel orders were given in the survey, 
which could be another item to consider for 
standardization. 

5.3. Stems 

As in feature-length films, some planetariums replace 
the main dialog track with another language, so they 
need a mix separated with the dialog on one set of 
tracks (mono or stereo) and the music and effects on 
another (mono, stereo, cube, 5.1, etc.). 

Not only does this allow replacement of the dialog 
track, it allows the show to be remixed to create a more 
intelligible show for that venue’s acoustical 
considerations: production engineers can simply 
increase the level of the dialog track, if desired. 

6. RECOMMENDATIONS 

In conclusion, here are some recommendations as we 
take the next step towards a standard (or standards) 
based on the factors mentioned in this paper, and which 
consider the various types of shows, venues, and 
budgets involved. 

Planetariums would find significant benefit in 
equalizing and correcting for loudspeaker phase 
problems. Manually taking readings and correcting 
equalization and phase problems takes a significant 
amount of time and hardware. Therefore it would seem 
most feasible to install and use a hardware system that 
will correct for phase and equalization automatically.  

Standards for speaker placement might be advantageous 
as well.  A standard similar to the ITU 5.1 specification 
should be implemented if content is to be shared among 
planetariums without remixing.  Such a standard must 
also consider the different venue layouts. So far, the IPS 
(International Planetarium Society) has merely 
recommended that the voice track be kept separate from 
other channels in order to allow foreign language 
substitutions.  (An international standards discussion is 
slated to happen during the Chicago IPS convention in 
June, 2008). 

In our survey, over 90% of respondents said they would 
want some sort of standardization for sharing content 
and for installations. There can be some 
experimentation in speaker placement so long as 
equalization and phase correction act as a starting point.  

Another possible solution for mitigating the problem of 
loudspeaker variances from one facility to the next is to 
use a planetarium as a “mastering house.” For example, 
Facility #1 could have a calibration “snapshot” of a 
Facility #2 that was taken using hardware such as the 
Optimizer.  Facility #1 would then re-record the content 
with the phase and equalization settings from Facility #2 
applied to the tracks, and send the corrected files (or 
tape) back to Facility #2 for presentation. The box 
would not have to be installed at the second facility. 
When played back in Facility #2, the audio would not 
have to be remixed, or might only need small 
adjustments.  

Furthermore, companies such as Trinnov and DEQX 
who make hardware for calibrating speakers should be 
encouraged to move beyond standard 5.1, creating 
templates that include domes, cubes, and other layouts. 
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Trinnov is able to handle 8 equally spaced loudspeakers 
on a spaced 45º apart on a horizontal plane, but many 
planetariums use arrangements beyond this (for 
example, using a “top” channel).   

It might be possible to choose one or two planetariums’ 
setups to serve as a template, based on the best sounding 
theater. 

Sixty-nine percent of the planetariums surveyed use the 
facility for things beyond what is considered the 
“traditional” use.  Many use the facilities for laser 
shows, lectures, or live musical performances. 
Planetariums are now fertile ground for experimenting 
with high resolution video and audio.  Pioneers in audio 
should start thinking about and trying wavefield 
synthesis, recording with height, B-Format audio, 
experimenting with the Virtual Based Amplitude Panner 
in Max/MSP, or live MIDI triggering and panning in the 
planetarium environment. 

This research and accompanying survey are unique in 
addressing these problems of sharing content.  There is 
more work yet to be done in choosing representative 
spaces and setups, performing repeatable and 
quantifiable listening tests, and getting the majority of 
the planetarium community on board with a set of 
solutions for making great sounding shows. 

7. APPENDIX : SURVEY RESULTS 

A total of 103 planetariums participated in this survey, 
which was given in the fall of 2007. 

1. Are you satisfied with the audio in your 
Planetarium? If you answered "no", with which 
factors are you dissatisfied? 

55 (53.4%) of the 103 people responding to the first 
question are satisfied with the audio in their venue.  

Of the 46.6% who are not satisfied; 54.5% cite fidelity 
(i.e. distortion, limited bandwidth, and intelligibility 
issues) as their primary complaints. 50% deem 
localization and difficulty panning as an issue and 
45.5% responded that their theatres acoustics are 
unsatisfactory; with 31.8% agreeing that some kind of 
audio standardization is needed because of the difficulty 
presenting. 

2. On a scale of 1 to 10, how immersive is your 
VISUAL experience? 1- Not Immersive at all 10 - 
Extremely Immersive 

 

Figure 15: Chart illustrating how planetarium operators 
rate their visual experience. 

3. On a scale of 1 to 10, how immersive is the 
AURAL experience? 1- Not immersive at all 10 - 
Extremely immersive 

The immersive audio experience is extremely important 
to this project. Our research began as a question of 
whether an immersive audio experience can be 
transferred between planetariums. Out of 103 
respondents only 5 gave their venues immersive audio 
experience a 10 out of 10.  

 

Figure 16: Chart illustrating how planetarium operators 
rate their aural experience. 

4. Do you have a surround system? 

Out of 103 respondents, 56.4% have a surround sound 
system.  (Two survey respondents skipped this 
question). 

5. If you answered "yes" to the above question, what 
kind of surround format (s) do you use?  
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72.2% of the respondents have a 5.1 surround sound 
system.  

2 respondents have a Cube system. 

2 respondents have a 7.1 system. 

One respondent has a 3.1 system.  

6. Do you use any DSP (Digital Signal Processing)?  

Out of 103 respondents: 69% do not use any DSP, 18% 
use DSP, 13% do not know if they use DSP. 

7. Do you utilize other special equipment for 
individual audience members, such as headsets, or 
“seat shakers”? 

89.1% do not use any special equipment for individual 
audience members  

Three survey respondents skipped this question. 

8. Do you do programming other than prerecorded 
shows? (For example, live concerts)  

68.7% of the 103 survey respondents use their venue for 
events other than pre-recorded shows.  

9. What types of media do you accept? 

Many features last less than 30 minutes, and the audio 
easily fit on a single DVD.  Larger shows with visuals 
can be shared by loading them onto a hard drive. 

 

Figure 17: Chart illustrating types of media accepted. 

10. What formats do you accept? 

63.2% accept 5.1  

14.7% accept 3.0 

11.8% accept 3.1 

2.9% accept 7.1   

Thirty-five survey respondents skipped this question 

11. What sample rates do you accommodate?  

Of 103 survey respondents 63 answered this question. 

81.3% (52) use 44.1 kHz. 

75% (48) use 48 kHz. 

23.4% (15) use 96 kHz  

15.6% (10) use 88.2 kHz. 

1 (1.6%) use 196 kHz. 

None of the survey respondents use 176.4 kHz 

12. Would you advocate moving towards some type 
of standard or recommendation to facilitate: Ease of 
sharing? Audio quality?  

86 (92.5%) and 82 (91.1%) of 103 survey respondents 
advocate moving toward some kind of standard or 
recommendation for ease of sharing and audio quality; 
respectively.  

Seven survey respondents skipped this question. 

13. Do you do any downmixing or speaker 
remapping? (For example: from 5.1 to 2.0, or from 
7.1 to 5.1, etc.)  

77.8% (49) answered “no”   

22% (14) answered “yes”  

Forty survey respondents skipped this question. 

14. Do you accept full mixes, stems, or both? 

56.1% (32) accept both 

45.5% (26) accept full mixes 
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5.3% (3) accept only stems 

Forty-six respondents skipped this question. 

15. Do you provide full mixes, stems, or both?  

64.3% (27) provide full mixes. 

2.4% (1) provide only stems.  

33.3% (14) provide both.  

Sixty-one survey respondents skipped this question. 

16. What formats do you provide for sharing 
content?  

44.1% (15) use 5.1 to share content. 

14.7% (5) use 3.0. 

8.8% (3) use 3.1. 

5.9% (2) share content using 7.1. 

Sixty-nine survey respondents skipped this question. 
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