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System Intelligibility Estimates 

Long before a reinforcement sys- 
tem is on the drawing board, while 
it is still in the negotiating stage, the 
designer must have a clear idea of 
how well the system will work. The 
aim of any reinforcement system is 
to provide adequate intelligibility 
for the intended audience under all 
anticipated listening conditions. 

Over the years, a number of meth- 
ods have been developed for helping 
the designer estimate the effective- 
ness of the system while it is still in 
the conceptual stage. We hasten to 
underscore the term estimate, since 
these methods are only rough guides 
to what might be expected when the 
system is finally installed. 

ARTICULATION TESTING 
The final measure of a system's 

intelligibility is gained through a set 
of syllabic articulation tests. In this 
testing method, a talker reads from 
a random list of one -syllable words, 
and listeners at various points in the 
space write down the words as they 
hear them. An 85% score on these 
tests indicates that the system will 
provide overall speech intelligibility 
on the order of 97 %, due to the con- 
textual nature of speech. If the articu- 
lation score is 75 %, then the listener 
will be able to understand approxi- 
mately 94% of the words in normal 
speech context. 

FACTORS DETERMINING 
SYSTEM INTELLIGIBILITY 

The main factors in determining 
the effectiveness of speech trans- 
mission in a room are speech level, 
reverberation time, direct-to- rever- 
berant ratio, background noise, and 
the presence of discrete interfering 
reflections. Unfortunately, there is 
no simple way to include all these 
factors into a method that will esti- 
mate the behavior of the system. 

We have a number of models as 
useful tools, each which seems to 
work under certain circumstances. 
About a year and a half ago, we dis- 
cussed, in a column dealing with 
sound fields, the Peutz method of 
estimating system intelligibility. The 
Peutz estimate, as we chose to employ 
it, considers the effects of reverbera- 
tion time and the direct-to- reverber- 
ant ratio in the 1 to 2 kHz range as 
the determinant of system intelligi- 
bility performance. We also assumed 
that the effective noise level below 
peak speech levels was at least 25 
to 30 dB. 

The method is especially effective 
in auditoriums and houses of worship, 
where the background noise level 
can be kept fairly low. The method 
further assumes that there are no 
deleterious reflections and that the 

room reverberation pattern is fairly 
normal. 

ESTIMATES IN NOISY 
ENVIRONMENTS: 
THE ARTICULATION INDEX 

The question of what to do in noisy 
environments leads us to the Articula- 
tion Index (AI) of French and Stein- 
berg'. Their work has been modified 
in later years by Kryter2 and Smiths. 

In its simplified form, an AI 
estimate can be made by observing 
the peak speech levels relative to 
RMS noise levels in each of five 
octave bands: 250, 500, 1000, 2000, 
and 4000 Hz. These ratios are ap- 
proximately weighted, and the 
weighted values are summed to give 
an Articulation Index. 

FIGURE 1 shows the method by 
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Figure 1. Calculation of Articulation 
Index (Al). 
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Buy An Olympic Coin. 

For the first time in history, 
the United States Mint 
is issuing Olympic com- 
memorative coins. Each 
beautiful gold and silver 
coin depicts an Olympic 
theme in honor of the 
first Summer Olympics 
held on American soil 
in over 50 years, the 
XXIII Olympiad in Los 
Angeles. 

The gem -like, proof 
coins will be a treasure to 
own for years to come. 
And all profits go directly 
to the Olympic effort. 

Help support our 
athletes and the 1984 
Games. Buy an Olympic 
coin today. 

Coins can be pur- 
chased through your 
local post office and at 
participating banks 
and coin dealers across 
the country. Or, write 
to: U.S. Mint, Olympic 
Coin Program, PO. Box 
6766, San Francisco, 
CA 94101. 
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which the weighting is obtained. 
Along the X -axis, we enter the octave 
band signal -to-noise ratio, and along 
the Y -axis we read the corresponding 
AI component for that band. Since 
it is usually easier to measure average 
levels of long -term speech, these are 
the values to be entered in the graph. 

Generally, we assume that average 
speech levels in each band are some 
12 dB lower than their peak levels. 

Suppose that we measure average 
speech levels and RMS noise spectra 
as given in FIGURE 2. Then, we 
simply enter the level differences 
between them and read the corre- 
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Figure 2. Sample speech and noise 
spectrum. 
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Figure 3. Comparison of Al and syllabic 
tests. 
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sponding AI component values from 
FIGURE 1, as indicated. 

Note that the total AI is 0.58. As a 
measure of performance, we refer 
to the graph of FIGURE 3. Here, we 
observe that the AI value of 0.58 
corresponds roughly to an accuracy 
well up in the 90% range for syllables 
in normal speech context. For ran- 
dom syllables, the accuracy would be 
around 70 %. 

There is a vast body of data relating 
AI estimates to actual measurements, 
and the agreement is quite good. The 
AI method is especially useful in 
public spaces, such as office areas 
and transportation terminals, where 
background noise can be significant. 

ESTIMATES IN THE 
PRESENCE OF 
REVERBERATION 

The adaptability of the AI method 
to spaces having both noise and 
excessive reverberation is not well 
established. While reverberation 
times less than, say, 1.5 seconds, 
probably have little deleterious effect 
on system intelligibility, longer 
reverberation times will certainly 
affect the intelligibility. 
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Figure 4. Al derating as a function of 
reverberation (Kryter). 

Kryter suggests simply derating 
the AI value by the amount given by 
the graph of FIGURE 4. However, this 
is not recommended. Smith and 
others suggest that excessive re- 
verberation be considered as addi- 
tional noise to be summed, on a power 
basis, with the fixed noise spectrum 
in each octave band. In this manner, 
a reasonable AI estimate can be 
made for a sound system in a large 
space which is both noisy and re- 
verberant. 
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The Standard -Setting Telephone Interface 
(Modestly Improved) 

It's no secret. Stude' has become the acknowledged leader 
in high quality telephone interfacing equipment. The Studer 
Telephone Hybrid - already selected by hundreds of U.S. 
broadcasters, including all three major networks - has been 
praised for its straightforward design, long -term reliability, and 
consistently outstanding performance. 

At the heart of the Studer Telephone Hybrid is an auto - 
balancing hybrid circuit which automatically matches phone 
line impedance while isolating send and receive signals for 
maximum sidetone attenuation. A built -in limiter prevents sud- 
den overloads, and bandpass filters shape the voice signals 
for optimum clarity and system protection. The new updated 
Studer Hybrid includes additional noise suppression circuitry 

to eliminate unwanted noise and crosstalk while still preserving 
true 2 -way hybrid operation. 

Now the Studer Telephone Hybrid is also available as part 
of a complete Telephone System. Designed to operate inde- 
pendent of the studio console, the self- contained Telephone 
System includes a microphone input plus a palm -sized remote 
module (on a 30' cable) with VU meter for line level, head- 
phone output, and level controls for microphone, headphone, 
and telephone receive. 

The time -tested Studer interfaces. Improved for even bet- 
ter performance. Expanded for more flexible operation. And 
built to set the quality standard for years to come. Call your 
Studer representative today for complete details. 
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