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Abstract
It is well known that good acoustical design should optimise room acoustics and minimise unwanted noise so that
effective speech-to-noise ratios are maximised in classrooms. However, the common experience of difficult speech
communication in many rooms is evidence that many problems remain. A review of the literature shows that
reported noise levels in classrooms almost always exceed ideal criteria, but these results may be questioned because
it is difficult to measure the speech and noise levels that occur during actual speech. Many criteria are based on
studies that show a poor understanding of room acoustics and tend to prescribe more absorptive environments
ignoring the positive effects of early reflections. The more stringent requirements for various special needs groups
such as younger listeners are much less well defined. We still design rooms in terms of reverberation time that only
indirectly relates to critical room acoustics details and even this we cannot do accurately. This paper will review
recent studies that have attempted to solve some of these problems and will outline key remaining research needs.

INTRODUCTION
The goal of good acoustical design for classrooms, or any other meeting room, is to make possible clear, accurate
and relaxed speech communication. That is, students should be able to understand all of the words that are being
spoken to them without having to strain. This is important because the majority of teaching situations involve oral
communication. Poor communication between teacher and student will make the learning process more difficult.
The long term social and economic cost of less than optimum acoustical designs are difficult to determine but will
accumulate over years for students in inadequate classrooms.
It is well known that good acoustical design requires one to maximise the signal-to-noise ratio and to provide
optimum room acoustics conditions. The fact that it is common experience that speech communication is difficult
in many classrooms and almost all reported noise levels in classrooms exceed recommendations, is indicative that
there still remain problems to be solved. The situation is complicated by the fact that speech and noise levels are
greatly influenced by room acoustics and one cannot consider the two elements in isolation.
We have quite amazing abilities to understand speech in adverse conditions. Even when it is relatively noisy and
spaces are very reverberant we are often able, or at least we think we are able, to understand speech. In practice, we
are often unaware that we are frequently guessing (sometimes correctly, sometimes not) the meaning of the speech
sounds. In addition there are a number of special groups of listeners who suffer greater adverse effects on their
ability to understand speech when it is too noisy or too reverberant. These groups would include younger listeners,
older listeners, second language listeners and anyone with even a modest amount of hearing loss.
This paper will review what we do know about the acoustical requirements for classrooms and the problems that
remain to be solved.
SIGNAL-TO-NOISE RATIOS
The louder speech sounds are relative to interfering noises then the greater the intelligibility of the speech. Figure 1
shows how speech intelligibility scores measured in a number of rooms [1,2] increase with increasing signal-tonoise ratio (S/N). These results and others [3] have led to the conclusion that a S/N of +15 dB provides conditions
in which 100% intelligibility scores are possible on a simple speech intelligibility test. Of course, there is a large
amount of scatter in the experimental results of Figure 1 because of the differences between various groups of
listeners and because a simple S/N measure ignores the variations in room acoustics.
The Articulation Index (AI) is a more sophisticated S/N type measures that was developed some time ago [4]
initially for evaluating communication systems. The AI [5] is based only on monaural listening to male speech and
so would not necessarily relate to typical binaural listening conditions in rooms for all types of listeners. The AI
measure is a weighted speech-to-noise ratio measure with frequency weightings or importance ratings that are
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similar but not the same as the A-weighting variation with frequency. The latest revision of the ANSI standard [6]
has revised the measure and renamed it the Speech Intelligibility Index (SII) with slightly different frequency
weightings.
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Figure 1. Speech intelligibility test results versus A-weighted S/N ratios for measurements in a wide range of
rooms [1,2]
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There are many different types of speech intelligibility or speech recognition tests. In some, listeners must identify
single words and in others complete sentences. Although the shape of the curves of speech intelligibility scores
versus S/N vary among the various tests, they would all indicate very close to 100% intelligibility at a S/N of +15
dB or greater. However, one may still question whether 100% on a speech intelligibility test represents truly
optimum conditions. In these tests, the conditions that lead to 100% intelligibility do not usually correspond to
relaxed listening. Typically, listeners are straining to understand the test words. To solve this problem, Sato [7] has
proposed using subjective ratings of the ‘Difficulty’ of listening to speech. Figure 2 compares intelligibility and
difficulty ratings of the same test conditions. For S/N values greater than 0, intelligibility scores gradually increase
to close to 100% intelligibility. Over the same S/N range, difficulty ratings change quite dramatically indicating
that listeners noticed very large changes in conditions even though they were always able (with some considerable
strain) to understand the test words.
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Figure 2. Comparison of speech intelligibility scores (filled triangles) and difficulty ratings (open circles)
versus A-weighted S/N ratio in simulated sound fields [7].
To maximise S/N ratios in classrooms, one should first attempt to minimise ambient noise levels. A recent review
of classroom acoustics issues [8] found noise levels measured in classrooms to vary from 42 to 65 dBA and to even
higher levels in day care facilities for pre-school children. Figure 3 shows the previously published results from a
large number of studies plotted versus the school year of the students. There is a clear trend that classrooms with
younger children tend to be noisier. Although these were described as ambient levels when the teacher was not
talking, the details of the measurements, and of the actual activities in the classroom at the time of the
measurements are not always clear. However, all of these results indicate noise levels greater than recommended in
a recently published ANSI standard for classroom acoustics [9].
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Figure 3. Ambient noise levels reported in
previous studies of classroom conditions [8].

Figure 4. Speech levels of teachers measured in
classrooms from various previous studies [8].

To determine S/N ratios, it is also necessary to know how loud are the speech sounds of teachers in classrooms.
Figure 4 plots the results from a number of previous studies showing how teachers’ voice levels vary with the age
of the students. On average, teachers seem to talk more loudly in classes of younger students. This is probably an
example of the Lombard effect [10], which refers to our natural tendency to raise our voices in noisier conditions.
Teacher’s voice levels, as measured in the classrooms, varied between 50 and 70 dBA. The difference between the
average trend of ambient noise levels and that for speech levels, indicates that on average S/N ratios of about +5 dB
are common. The ideal goal of a +15 dB S/N ratio seems to be rarely, if ever, achieved.

It is quite difficult to get accurate measurements of both speech and noise levels in classrooms. To be accurate
indicators of speech intelligibility test scores, they should both be representative of the conditions during the speech
test. Frequently, the measured speech levels may include the influence of ambient noise and ambient noise
measurements may not be representative of the conditions during speech communication. It has been proposed that
more representative speech and noise levels may be obtained from analyses of statistical distributions of speech and
noise levels [11]. Figure 5 illustrates an example of such an analysis for the average of measurements at four
positions for a female teacher in a high school classroom. By fitting two normal distributions to the measured data,
one can explain the measured results as due to the combination of ambient noise and speech components.
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Figure 5. Example of fitting separate normal distributions to explain the individual effects of speech and noise
on the recorded sounds.
Figure 6 further illustrates the use of this technique. In this case measurements were average results from a
classroom in which a male teacher was talking. The results in the upper panel of the figure correspond to when he
was using an overhead projector with a noisy fan, and in the lower panel to when the projector had been turned off.
Turning the projector on is seen to increase the mean noise level from 35 to 45 dBA. However, at the same time the
teacher’s voice level increases from 56 to 60 dBA. This is presumably another example of the Lombard effect [10]
and the teacher naturally talked louder to overcome the masking of the projector noise. In these examples, three
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different normal distributions were fitted to the measured data. Clearly, this technique can accurately separate
speech and noise components and could provide us with more representative data and a more complete
understanding of speech and noise sounds in classrooms.
350

With projector

300
250

Speech
60.1 dBA

Students?
49.6 dBA
Noise
44.6 dBA

200

Frequency of occurence

150
100
50
350
0

Speech
56.0 dBA

300

Students?
40.4 dBA

250

Noise
35.2 dBA

200
150
100
50
0
20

30

40

50

60

70

80

SPL, dBA

Figure 6. Example of fitting separate normal distributions to explain the individual effects of speech and noise
on the recorded sounds. Upper panel: when overhead projector was in use, lower panel projector off.
This process was evaluated as a means of estimating the speech levels of 10 teachers in a mix of elementary and
high school classrooms. These are compared with more extensive data by Pearson et al. [12] in Figure 7. The left
half of the graph is for male teachers and the right side for females. For each gender of teacher, the left hand bar is
the measured mean levels and the right hand bar the estimated level at a distance of 1 m in a free field. Although
the amount of new data is quite limited, they suggest that these teachers used quite strong voice levels
corresponding to between Pearson’s ‘Raised’ and ‘Loud’ categories. Since these teachers’ speech levels are higher
than are often assumed, speech intelligibility in their classrooms would be higher than might have been predicted.
On the other hand, the teachers may be more likely to experience voice impairment. There seems to be very little
information relating the level of speech a talker uses to the likelihood of voice impairment.
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Figure 7. Comparison of measured A-weighted speech levels with the mean values for various levels of vocal
effort by Pearson et al.[12] (shown by horizontal dashed lines and labelled ‘Normal’, ‘Raised’ and ‘Loud’).
A number of particular groups of listeners are thought to have special needs and may require a S/N of greater than
+15 dB to achieve 100% intelligibility. These groups would, of course, include listeners with even a modest
amount of hearing impairment, but also very young and very old listeners, as well as second language listeners. A
number of studies have suggested that younger children need quieter ambient noise levels to achieve the better S/N
ratios they are thought to require [8,13,14]. Figure 8 shows an estimate of the expected intelligibility versus S/N
ratio relationship for 6 year olds compared to the mean trend of measured results for 13 year-olds. The curve for 6
year-olds is approximately the same as for the 13 year-olds but shifted approximately 10 dB to the right. This
suggests that 6 year-olds would require 10 dB greater S/N ratios, and hence 10 dB lower ambient noise levels to
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achieve the same high intelligibility scores as the older children. The upper axis of Figure 8 gives related ambient
noise levels derived with an assumed teacher voice level of 55 dBA at 1 m. These results are only an estimate but
work has started to try to experimentally verify these results [15].
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Figure 8. The mean speech intelligibility versus S/N for classroom measurements of 13 year-olds [2]
compared with an estimate of the expected relationship for 6 year-olds[8].
ROOM ACOUSTICS
Although we usually characterise room acoustics in terms of reverberation time, there is much more detail to be
considered to understand how rooms influence speech perception. In a room, listeners hear the direct sound of the
talker followed by many delayed reflections of the speech. This can be seen in measurements of room impulse
responses as shown in Figure 9. This shows the direct sound followed by several distinct early reflections and many
later-arriving reflections or reverberant sound. Although we typically hear the combined effect of many thousands
of reflections, all reflections are not equal, and they do not all affect us in the same way. Early-arriving reflections
within about 50 ms after the direct sound are particularly important because our hearing system integrates them
with the direct sound making it seem louder. Thus increased early-reflection energy is expected to increase
intelligibility. Later-arriving speech sounds are not integrated and cause one speech sound to blur into the next,
decreasing intelligibility.
Although the importance of early-arriving reflections is not widely appreciated, it is not a new concept and Joseph
Henry explained the key points in the 1850s [16]. By conducting simple experiments in which he listened to hand
claps at various distances from a large reflecting wall outdoors, he determined that early reflections were only
separately identifiable if they arrived more than about 50 ms after the direct sound. He also went on to design
rooms for speech that shaped the room to make the most use of early-reflection energy. As he said in quaint
nineteenth century English, we can use early reflections to “husband every articulation of the voice”. Somehow this
information seems to have been lost for nearly 100 years and we now usually attribute our understanding of the
importance of early reflections for speech in rooms, to Haas and we refer to the Haas Effect [17]. In practice a
number of publications indicate a good understanding of the effects of early reflections before Haas’ work [18]. In
1935 Aigner and Strutt [19] published a remarkable paper essentially proposing the useful-to-detrimental sound
ratio concept that was later re-invented by Lochner and Burger in the 1960s [20]. (Useful-to-detrimental sound
ratios will be discussed in the section below).
Figure 10 below includes the results of several studies that showed how our hearing system integrates earlyarriving reflections with the direct sound. Reflections delayed by 10 to 20 ms can be as much as 10 dB greater than
the direct sound and still be perceived as no more than equal to the direct sound. (This phenomenon allows us to
design sound reinforcement systems to boost levels but still preserve realism for the direction of the natural sound
source). Perhaps one of the reasons why the benefits of early-arriving reflections are not widely appreciated may be
that much of the early work focussed on when they become disturbing rather than on when they are beneficial. For
example, Haas examined how the disturbance caused by early reflections varied with speech rate, reflection level,
tone quality, and reverberation time. However, in typical rooms reflections arriving within about 50 ms after the
direct sound will usually all be beneficial.
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Figure 9. Example of room impulse response showing the direct sound, early reflections and later-arriving
reflections.
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Figure 10. Curves of subjective equality between direct and reflected sound (upper curves) and the threshold
of detectability of an early reflection (lower curve), from results of Haas, Schodder and Lochner and Burger.
The concept that the ratio of early-arriving to late-arriving speech sounds would relate to speech intelligibility
developed from work by Thiele who proposed the Deutlicheit measure [21]. Figure 11 summarises several room
acoustics measures that can be calculated from measured or predicted impulse responses. They all build on our
understanding of the different perceived effects of early-arriving and later-arriving speech sounds in rooms. They
are also usually very highly correlated with each other. Some have been used to relate to the perceived ‘clarity’ of
musical sounds in rooms. Figure 12 shows three comparisons of room acoustics measures. These include C50,
C80, TS and STI. The Speech Transmission Index (STI) will be discussed in the next section but in this figure STI
values only include the effects of room acoustics and not of speech and noise levels.
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Figure 11. Definitions of room acoustics measures intended to relate to perceived clarity and the intelligibility of
speech sounds. (C50 and C80 are early-to-late sound ratios with 50 and 80 ms early time intervals, R = -C50, and
TS is the Centre Time).

Bradley, SOBRAC October 2002 - 6

4

0.3

0.8

2
0.6
0

STI

TS, s

C50, dB

0.2

-2
0.4

0.1
-4

0.0
-10

-5

0

5

10

-10

C80, dB

-5

0

5

10

0.2
-10

-5

0

5

10

C80, dB

C80, dB

Figure 12. Illustrations of the strong relationships between several pairs of the measures intended to relate to
the intelligibility of speech and to the clarity of music.
Recent experiments were used to directly show the benefit of early reflections on speech intelligibility scores [22].
Varied acoustical conditions were simulated using an 8-channel electro-acoustic system in an anechoic room as
illustrated in Figure 13. Each loudspeaker reproduced one early reflection followed by a reverberant decay starting
at approximately 50 ms after the direct sound. The direct sound (first arriving sound) was produced by the
loudspeaker directly in front of the listener. Figure 14 illustrates the impulse response of a simulated sound field
including a direct sound, early reflections and reverberant or later-arriving reflections. Subjects listened to speech
sounds with various combinations of direct sound with early and late reflections combined with a typical ambient
noise spectrum (NC40 spectrum at 47 dBA).

Figure 13. Photograph of the loudspeakers of the room acoustics simulator in the anechoic room.
Sound fields were first created with only a direct sound that was varied in amplitude relative to the fixed
background noise. As would be expected, for these cases intelligibility scores increased with increasing S/N ratio.
The effective speech levels were then varied by adding increasing amounts of early reflection energy to a fixed
direct sound component. The results, found in Figure 15, showed that adding early-reflection energy has the same
effect on intelligibility scores as increasing the direct sound level.
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Figure 14. Example of measured simulated impulse response including direct sound, early reflections and
reverberant or later-arriving reflections.
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Figure 15. Comparison of mean speech intelligibility scores for sound fields with only varied direct sound
levels with those with a fixed direct sound and varied early-reflection levels.
Some have argued that although early reflections are beneficial to listeners with normal hearing, they do not help
impaired listeners. The subjects chosen for these tests included a number of middle aged listeners with some
moderate hearing impairment. (None wore hearing aids and most were not even aware of their hearing
impairment). The results were then separated into two groups according to their hearing sensitivity. One group
consisted of mostly university students and younger adults who had near-perfect hearing, while the second group
were more typically middle aged with some mild to moderate hearing loss. The separate results for the two groups
of subjects seen in Figure 16 showed that their hearing sensitivity had a large effect on their intelligibility scores.
However both groups benefited from early reflections and for both groups, added early-reflection energy was
equally beneficial to a similar increase in the level of the direct sound. The third set of results in Figure 16 shows
that the same statistically significant pattern of results is maintained, when the simulated sound fields included
reverberant decays.
These results directly show the beneficial effects of early-arriving speech reflections on speech intelligibility scores
for both groups of listeners. One can estimate from these results that these quite moderately impaired listeners
would require approximately a 5 dB greater S/N to perform as well as the non-impaired group. Further experiments
showed that early reflections would be critical to understanding speech in special situations such as when the talker
turns away from a particular listener and at more distant listening positions in rooms. The added later-arriving
reflections had very small effects because they were relatively unimportant compared to the simulated ambient
noise as will be explained in the next section on combined measures.
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Figure 16. Comparison of mean speech intelligibility scores for three types of sound fields: direct sound only,
fixed direct sound with varied early-reflection levels and fixed direct sound and reverberant sound with varied
early-reflections levels. ‘Effective’ speech levels are the combined level of the direct and early-reflection
speech energy. Results are given separately for hearing impaired and non-impaired listener groups.
Having demonstrated that increased early-reflection energy is important for good intelligibility, the amount of
early-reflection energy in real rooms was investigated. This was assessed by calculating the Early Reflection
Benefit (ERB) as the total energy in the first 50 ms of the impulse response relative to that in the direct sound. ERB
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values were calculated from the sound strength or relative sound levels calculated for the first 10 ms (G10) to
represent the direct sound energy and the first 50 ms (G50) to represent the direct and early-reflection sound
energy. That is,
ERB = G50-G10, dB
Calculation of the ERB values averaged over the octave bands from 1 to 4 kHz showed ERB values varied from 1
or 2 dB, for positions close to the source, to as much as 9 dB at larger distances in rooms. Figure 17 plots ERB
values versus source-receiver distance from measurements in a boardroom about the same total size as a classroom.
In this particular room ERB values increased from 2 to 8 dB at more distant listening positions. Similar results were
found in other rooms. Early reflections provide the most help at positions more distant from the source and the
benefit of having early reflections was found to vary up to 9 dB. This is larger than in the subjective experiments
described above, where in the most extreme case, early reflections increased the effective speech levels by only 6
dB. Thus in actual rooms the benefit from early reflection is quite substantial and at more distant positions it is
often only possible to understand speech because the early-reflection energy significantly increases the effective
speech levels.
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Figure 17 Measured Early Reflection Benefit (ERB), averaged over the octave bands 1-4 kHz, versus sourcereceiver distance in a boardroom.
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Figure 18. Model lecture theatre used to demonstrate an acoustical design to maximise the energy of early
reflections without excessive late-arriving or reverberant energy. Only the shaded area was treated with
absorbing material for the ‘optimised’ case.
Having determined that there is significant energy in early reflections in typical rooms, some simple experiments
were conducted with a room acoustics computer model (ODEON) to see if rooms could be designed to maximise
the early-reflection energy. Figure 18 illustrates the model of a lecture theatre that was used. The absorption of all
surfaces were either the same or the shaded areas were made more absorptive to control later arriving reflections
without reducing important early-arriving reflections. Figure 19 plots the calculated ERB values for 3 different
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treatments of this room: ‘live’, ‘dead’ and ‘optimised’. For the ‘live’ case all surfaces were quite reflective (alpha =
0.03) and the reverberation time was 1.9 s. For the ‘dead’ case the wall absorption coefficients were set to 0.6 and
the reverberation time was 0.34 s. For the ‘optimised’ case the treated parts of the walls (shaded parts) were given
an absorption coefficient of 0.6 and the non-treated areas left as for the live case. The reverberation time for the
optimised case was 1.1 s. Figure 18 shows that changing the room from live to dead reduced the ERB values as
much as 4 dB. This would have a significant negative effect on intelligibility. However, for the optimised case,
ERB values changed very little relative to the live case but the reverberation time was significantly reduced.
Although this is only a simple example, it demonstrates that it is possible to maximise early-reflection energy
without excessive late-arriving or reverberant energy by appropriate acoustical design.
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Figure 19. Calculated ERB values versus source-receiver distance in the model lecture theatre for three
acoustical treatment conditions .
COMBINED MEASURES
Some acoustical measures have been developed that combine the effects of S/N ratios and room acoustics into a
single quantity and hence can more completely assess conditions in rooms for speech such as classrooms. Lochner
and Burger developed the concept of useful-to-detrimental sound ratios [20], where ‘useful’ is the combination of
the direct and early-reflected sound and ‘detrimental’ is the sum of the late-arriving speech sounds plus the ambient
noise. Their work used extensive experiments of how our hearing system integrates the effects of various early
reflections that were developed from the earlier work of Haas. They produced quite complex weighting functions
illustrating how the importance of particular early reflections depended on their delay after the direct sound and
their amplitude relative to that of the direct sound. Latham [23] successfully tested this concept in a number of
theatres. It was later shown [1,2] that useful-to-detrimental ratios based on a simple un-weighted summation of the
direct and early energies were equally successful in tests in a variety of rooms. U50 is one such useful-todetrimental ratio where early-reflection energy is summed over the first 50 ms.

 E + Ee 
U 50 = 10 log  d
, dB
 El + E n 
Here Ed is the direct sound energy and Ee is the early-arriving sound energy in the first 50 ms after the direct sound.
El is the late-arriving speech sound energy and En is the ambient noise energy. Figure 20 illustrates that U50 values
relate well to speech intelligibility scores for these results from simulated sound fields designed to systematically
vary both S/N and room acoustics conditions [24].
The definition of U50 above indicates that speech intelligibility scores are expected to increase with increasing
direct sound or increasing early-reflection energy. However, the magnitude of the increase will also depend on the
sum of El+En in the denominator, because it is the relative change that is important. Also in some conditions such
as at the rear of many rooms, the early-reflection energy, Ee will be much greater than the direct sound energy, Ed,
and hence intelligibility will not be greatly influenced by Ed. Increasing late-arriving speech energy, El, or
increasing ambient noise energy, En, would both be expected to decrease intelligibility. However, if one is much
larger than the other its effect will predominate. For example, in quite noisy conditions En will be much greater than
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El. For such conditions varying the reverberation time and hence the amount of late-arriving energy will typically
have little effect because El is always much smaller than En. This explains why the negative effects of reverberation
become more obvious in quieter rooms. It also explains why adding reverberation to conditions illustrated in Figure
16 did not reduce intelligibility scores. Because the added late energy was much smaller in magnitude than the
ambient noise energy, measured U50 values did not change much due to the addition of late or reverberant energy
and hence intelligibility scores would also not change.
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Figure 20. Relationship between speech intelligibility scores and U50 values in simulated sound fields
designed to systematically vary both S/N and room acoustics conditions [24].
The combined effects of varied S/N and varied room acoustics are further illustrated in the experimental results of
Figure 21. Subjects performed speech intelligibility tests for the 16 combinations of four S/N ratios (-5, 0, +5, and
+10 dB) and four values of C50 (-3, +1, +5, and +9 dB). Each S/N condition corresponds to constant ambient noise
and to constant overall speech level. As you move to the right on each line, towards increasing C50 values, a
greater portion of the total energy is ‘useful’ (i.e. direct + early). For the quietest conditions, varying C50 has little
effect because in all cases the ‘useful’ sound energy is much greater than the ‘detrimental’ component. However,
for the noisiest conditions (S/N = -5 dB) varying C50 had a greater effect because increasing C50 corresponded to a
greater portion of the speech energy being ‘useful’ and hence the ‘effective’ speech level increased.
The Speech Transmission Index (STI) is a more recent measure that combines both room acoustics and S/N aspects
into a single measure. It is based on the presumption that both room acoustics and noise degrade the natural
amplitude modulations of speech and hence lead to reduced speech intelligibility. STI values are determined from
modulation transfer functions and are calculated from a complete matrix of values at combinations of acoustical
frequencies and speech modulation frequencies. Although the STI measure is quite complex and appears to be very
different than the useful-to-detrimental sound ratio, the two measures are actually very closely related. Figure 22
shows that measured STI values are very strongly related to measured U50 values over a very wide range of
conditions [25]. Thus both of these combined-effects measures seem to assess more-or-less the same
characteristics.
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Figure 21. Mean intelligibility scores for each of 16 conditions and the corresponding 95% confidence limits.
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Figure 22. Plot of measured STI values versus the corresponding U50 values for 819 different conditions [25].
CRITERIA AND DESIGN
Criteria for good acoustical conditions in rooms such as classrooms have traditionally been given in terms of a
maximum ambient noise level (to ensure an adequate signal-to-noise ratio) and an optimum reverberation time that
would relate to maximising early-reflection energy. Table 1 below illustrates simple approaches to estimating
maximum acceptable ambient noise levels.
#1

#2

60 dBA

55 dBA

Required S/N

-15

-15

Room effect

-5

-5

Extra for 0% difficulty or
special needs groups

-5

0

35 dBA

35 dBA

Speech source level @ 1 m

Maximum noise level

Table 1. Two example estimates of maximum acceptable ambient noise levels.
For example # 1 in Table 1, the speech source level at 1 m from the talker is assumed to be 60 dBA. The required
S/N ratio is 15 dB and the reduction in effective speech levels to more distant parts of the room is estimated to be 5
dB. Finally a further 5 dB is included to bring conditions to those required for more relaxed listening conditions,
corresponding to a 0% difficulty rating or alternatively to meet the needs of various special needs groups. The end
result is an estimated maximum ambient noise level of 35 dBA. Example #2 assumes a lower speech source level
of 55 dBA, which corresponds to the average ‘normal’ voice level for females from Pearson’s data [12]. Clearly 35
dBA would correspond to an ideal goal. The assumption of speech source levels of 55 or 60 dBA can be questioned
and the results in Figure 4 indicate louder teacher voice levels occur quite frequently. Although they may
frequently occur, they may not be ideal. Voice impairment is a common problem for teachers [26] and one must
assume that this is related to having to talk too loudly for long periods of time. To date, there seems to be no
information to indicate safe voice levels for teachers. Similarly one can now only make very rough estimates of the
extra S/N required by various special needs groups. An extra 5 dB of S/N is often suggested and would correspond
to that required for the impaired listeners in Figure 16. Thus the details of the estimates to derive acceptable
ambient noise criteria must vary to meet specific needs.
The required overall philosophy for the acoustical design is clear. One should first focus on reducing noise below
the required maximum ambient noise level. Ambient noise is a potentially much bigger problem than inappropriate
room acoustics. Ambient noise levels can easily be greater than desired by a factor of 10 or more but reverberation
time is very unlikely to be too large by a factor of 10. The results in Figure 21 show that realistic variations in S/N
have a much greater influence on intelligibility scores than a wide range of room acoustics conditions.
Having achieved an acceptably low ambient noise level, the second step is to design the room acoustics to
maximise speech levels. Conventionally this has been done by choosing some optimum reverberation time around
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about 0.5 s or slightly larger. More appropriately one could design to maximise early-reflection energy without
excessive later-arriving speech energy by using room acoustics modelling software.
In choosing an optimum reverberation time we are trying to create conditions that maximise the ‘useful’
components of the speech sounds relative to the ‘detrimental’ components. The useful-to-detrimental ratio concept
implies that there are a range of combinations of ambient noise levels and reverberation times that could lead to
equal intelligibility conditions. This is illustrated in the equal U50 contours of Figure 23, which are labelled in
terms of their equivalent mean intelligibility score on a simple word intelligibility test [27]. These contours have a
maximum and clearly one can have either too much or too little reverberation at a particular ambient noise level. A
point labelled ‘Normal use’ corresponds to a maximum ambient noise level of 35 dBA and a reverberation time of
0.7 seconds. Other points on the same contour should lead to the same speech intelligibility but may be more costly
to achieve. For example, the combination of an ambient noise level of about 37 dBA and a reverberation time of
0.5 s should be equally successful. However, it would require the addition of a significantly larger amount of sound
absorbing material and could therefore be more costly.

Ambient noise level, dBA

45

40

Normal use
35

30

Special needs

100%

25
0.0

99%

0.5

95%

97%

1.0

1.5

2.0

Reverberation time, s

RT, s

Figure 23. Equal U50 contours for a 300 m3 classroom showing the trade-off between ambient noise level and
reverberation time for constant intelligibility conditions. (U50 contours are labelled in terms of the related
mean intelligibility score) [27].
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Figure 24. Comparison of measured and predicted reverberation times for a small classroom sized-room with
50% coverage of the ceiling with sound absorbing material [28].
One must still be aware that there will be problems achieving desired design goals in classrooms. Recently
published experiments [28,29] examined the errors in predicting the effects of adding various absorptive treatments
to a room of the size of a small classroom. All of the materials were carefully measured, but accurate predictions of
the resulting reverberation times and other room acoustic measures were very inaccurate. Figure 24 compares
measured and predicted reverberation times using seven different reverberation time equations. This configuration
corresponded to a 50% coverage of the ceiling with sound absorbing material. Even for this simple case, errors can
be quite large. Figure 25 shows the prediction errors averaged over 6 octave bands for each of the 7 prediction
equations and for the 9 different absorptive treatments. A 10% error was assumed to be a desirable design goal as it
would correspond to the smallest difference that would be noticeable under every day conditions. Almost all of the
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average prediction errors were much bigger than 10% and it was not possible to accurately predict measured
reverberation times even in a controlled experiment.
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Figure 25. Average (over frequency) relative errors for predictions of reverberation time for 10 different
conditions of the small classroom including ‘0’ the no treatment case [28].
Similarly Figure 26 shows that predictions of speech levels L(A), of C50 values and STI values frequently resulted
in prediction errors much greater than one just-notice-difference (JND) in these quantities. The predictions include
analytical calculations as well as the results of two different room acoustics computer models. The cause of these
large errors is not certain, but may at least partially be due to differences in diffusion. Clearly one should not expect
to precisely achieve design goals in actual classrooms.
C50(A)

STI

Relative error

5

Ls(A)

Analytical
RaySpec.
RayDiff.
Odeon

4

3

2

1

0

0

25

50

75

100 HR

HS EW PW

Configuration

PF 0

25

50

75

100

HR

HS

Configuration

EW

PW

PF 0

25

50

75

100

HR

HS

EW

PW

PF

Configuration

Figure 26. Average (over frequency) relative errors (re 1 JND) for predictions of speech level L(A), C50 and
STI for 10 different conditions of the small classroom [29].
CONCLUSIONS
Although there are a number of unresolved details, we know enough to specify ‘reasonably’ acceptable acoustical
conditions for classrooms. In doing this, we must be aware that controlling ambient noise levels to achieve
acceptable speech-to-noise ratios is most important. Obtaining a desired optimum reverberation time is usually of
secondary importance and we should realise that reverberation time is an indirect measure of what we really want
to know. To maximise the benefits of early reflections of speech sounds, it is necessary to choose an optimum
reverberation time that is neither too short nor too long.
To be more precise about setting criteria for ideal acoustical conditions in classrooms we need to know a little more
about teachers’ voice levels and the needs of various special groups of listeners. We need to determine maximum
safe voice levels for teachers that will minimise their risk of voice impairment while still providing adequate speech
intelligibility for listeners. We also need much more detailed information on the particular needs of various special
groups of listeners such as younger children. Some suggestions such as the 25 dBA maximum ambient noise level
determined from Figure 8 seem impractical and may not be necessary. We also must decide whether a condition
corresponding to 100% speech intelligibility is good enough or whether better conditions are required to obtained
the same result in relaxed listening conditions.
In designing rooms for speech we need to explore the benefits of doing this directly in terms maximising earlyreflection energy. Modern room acoustics computer models now make this a feasible option.
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