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Abstract—The present study considers the discrete and com-

bined masking effects of reverberation and noise on sentence

intelligibility. Analyses were carried out using a set of nine ten-

syllable phrases. Sentences were convolved with several impulse

responses in order to reproduce reverberation times (RT60) of

three different acoustic environments. Phrases were presented

three times; a) with reverberation only, b) dry with varying ampli-

tudes of masking noise only, c) in combination with reverberation

and varying amplitudes of masking noise.
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I. INTRODUCTION

In day to day life, speech is seldom experienced in model
anechoic listening environments. Typically, it is heard under
a range of conditions critical to the intelligibility of com-
munication. Reverberation and/or background noise is often
present in everyday speech, both of which have individual
and differing masking effects detrimental to comprehension.
Their discrete effects have been looked at extensively, but
how their undesirable effects differ when in combination has
seen less research. The intelligibility of nine, ten-syllable
sentences are evaluated when accompanied by white noise
only, by reverberation only, and when in combination with
both reverberation and white noise. Speech Intelligibility is
measured by participants rating sentence comprehension and
reporting the sentence heard.

II. REVERBERATION

In an enclosed space of any kind, sound is impacted to vary-
ing degrees by reverberation. This persistence or prolongation
of sound is the result of amalgamations of reflections arriving
at the ear less than 0.1 seconds after the original sound wave.
Reflections arriving after 0.1 seconds are perceived as two
separate sound events, and is defined as an echo. Reverberation
is influenced by various factors including the volume of the en-
closed space, the absorption coefficient of the surfaces involved
(the proportion of sound absorbed divided by the proportion
reflected), and the resonant capabilities of implicated materials.
Reverberation is measured in terms of time, the RT60. This is
defined as the time taken for sound energy to dissipate 60db
below its original level. This reverberation time (RT60) can
range from as low as 0.1 seconds in anechoic chambers, to
over 10 seconds in large cathedrals. It is generally accepted
that the maximum reverberation time that still allows effortless
comprehension of speech is around 2 seconds. When the
reverberation time exceeds this, speech becomes increasingly

unintelligible. As a result, locations such as classrooms, lecture
theatres and hospital wards are designed specifically to have
an RT60 of 2 seconds or less, as comprehension of speech in
these environments is essential.

A. Its Masking Effects
“Room reverberation, as produced by early (and direct) and

late reflections of the signal, blurs temporal and spectral cues
and flattens formant transitions. The late reflections tend to
fill the gaps in the temporal envelope of speech (overlap-
masking) and reduce the low-frequency envelope modulations
important for speech intelligibility.” [1] Simply put, the parts
of speech that act as an envelope on the sound - consonants, are
blurred, and the variations in frequencies are confused. This
effect is demonstrated in Figure 1 which compares an example
of a ’dry’ sentence without reverberation present, with the
same sentence after being convolved to achieve a reverberation
time of 9.23 seconds. Impulse response and convolution was
obtained from the Hamilton Mausoleum through the Openair
website [2] .In this extreme example, we can see that a high
degree of transient detail has been lost. From the spectrogram,
we can see that there is a much higher proportion of low fre-
quency content in the reverberant signal. Not only this, but the
loss of consonant enveloping outlined by Hazrati and Loizou
is clear, there are no ’gaps’ in the signal. This muddying of
the target speech is what adversely affects comprehension, and
it is this effect, in combination with noise, that this study aims
to explore. As a side note, reverberation, if of sufficiently long
length (such as in cathedrals) will act as multiple distractor
voices. [3] This is because reflections will be arriving from
many angles, making it difficult for the listener to separate the
target speech using directional cues. Directionality will not
be of significance for the purposes of this study however, as
sentences are presented in mono to subjects over headphones,
removing inter-aural time and level cues.

III. NOISE AND SPEECH INTELLIGIBILITY

Hazrati and Loizou state that noise has a different effect
to reverberation on speech intelligibility, masking the “weak
consonants to a greater degree than the higher intensity vowels,
but unlike reverberation is not dependent on the energy of
the preceding segments” [1]. One key reasoning for this
is that “most consonants do not have harmonic frequency
spectra,” with “voicing starting less than about 50ms after
release” [4]. In other words, vowels have a broader range
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Fig. 1. Dry vs Reverberant Detail

of frequency content, and are voiced significantly longer than
consonants. Consonants have very little frequency content and
are voiced for very short periods (50ms or less). Due to this
fact, consonants are particularly prone to masking when heard
in combination with noise, or be it reverberation.

IV. HISTORICAL METHODS

Methods of quantifying speech intelligibility have been
developed in several studies, most notably the articulation
index, the speech intelligibility index, the speech transmission
index, and the extended speech intelligibility index.

A. Articulation Index

Originally forward by Harvey Fletcher of Bell Labs in
1921 [5], the Articulation Index (AI) was developed further
by Steinberg and French [6] as a means of predicting the
intelligibility of speech transmission over telephone lines.
Still widely used in the automotive industry as a means of
assessing vehicle and tyre noise, figure 2 shows Kryter’s [7]
calculation procedure. Due to its design for assessing speech
transmission over transmission lines, the AI considers only the
effect of noise and not reverberation, as it was not applicable
in telephone transmission. Therefore its relevance is limited
for the purposes of the current study.

B. Speech Intelligibility Index

The speech Intelligibility index (SII) is in effect a replace-
ment term for AI but considers the type of speech materials
(syllables, words, sentences) as a variable [8]. Both methods
are a “quantification of the proportion of speech information
that is both audible and usable for a listener.”[8] An SII of 0
demonstrates complete lack of comprehension or understand-
ing of the target speech, while an SII of 1 displays complete
comprehension and understanding of the target speech.

Fig. 2. Calculation of the Articulation Index (AI) [7]

C. Speech Transmission Index
The Speech Transmission Index (STI) first described in

1971 by Houtgast, Steeneken and Plomp [9] is based on the
principle that ’information in speech is represented acoustically
in the form of modulations’ and ’loss of these modulations
translates into loss of intelligibility.’ It is an objective measure
of speech transmission quality and is the most widely used
method for calculating speech comprehension. Like the SII,
it is a 0 to 1 index, meaning a perfectly intelligible speech
will have an STI of 1, with information loss increasing as
STI approaches 0. Used to ’quantify the adverse effects of
reverberation and stationary noise on speech intelligibility
for normal-hearing listeners’[10], it is the most appropriate
methodology to consider for the aims of this paper.

D. Extended Speech Intelligibility Index
More recently, the Extended Speech Intelligibility Index

(ESII) has been proposed by Rhebergen and Versfeld [11]
which takes the STI one step further, considering fluctuating or
non stationary noise as a variable. It requires further validation
however, and explores an area beyond the focusses of this
study.

V. PATCH DESIGN

The study is conducted using Pure Data Extended, a open
source visual programming language freely available [12]. The
patch consists of three windows (or patches). A main user-
interface patch, and two sub-patches containing the bulk of
the code.

A. The User Interface
The user interface has been specifically designed in or-

der for any participant, especially those unfamiliar with the
programming language, to still easily operate the patch. On
opening the pure data file, it is this user interface window
that appears from where the main study is operated. From
here 27 canvases separate the 27 different test samples. From
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this level, participants can play the test samples, rate their
intelligibility, and type the sentence heard. After completion
of the test, participants simply save their code.

B. Subpatch 1
Subpatches 1 and 2 are not for participant use, rather they

contain the main bulk (or guts) of the code. Subpatch 1 is
essentially a sample player. This sample player controls not
only the specific sample that is playing, but more importantly
for the purposes of this study, the amplitude at which it is
playing. Implementing a [* ] object before connection to the
DAC allows control of this. This sample player reads a range
of audio files from the project folder. From here, 3rd parties
wishing to use different samples of different impulse responses
and reverberation times could edit the code to different sample
files accordingly.

C. Subpatch 2
Subpatch 2 (named subpatch3), contains this means for

recording the speech intelligibility ratings data. When a rating
is chosen by the participant on the user interface, it sends a
specific send message. That send message is then received by
the relevant bang in subpatch 3 which contains the equivalent
receive message. Each of these bangs corresponds to a specific
message which is then added to the relevant text file. This
method of data collection results in neat and precise storage
of data, without the need to close and then reopen the patch
between participants.

VI. EXPERIMENT

A. Setup
This study aims to explore the masking effects on speech for

adults with normal hearing status. Participants should therefore
be between the ages of 21 and 60, as hearing loss could
effect data results if used after this time. In order to maintain
reliability of results, it is essential that the test sentences be
presented in a consistent manner. Therefore, the volume setting
of the computer from which the experiment is being run,
needs to be at a comfortable yet constant amplitude for all
participants (for mac users I suggest running the experiment
with the system volume on 3 bars). In addition, the headphones
used for the experiment must remain unchanged for all test
subjects. The test sentences used in this study were convolved
with the impulse responses of 1 of 3 reverberation times
(RT60). Convolution results were were obtained from the Open
Acoustic Impulse Response Library [13], in order to represent
actual acoustic spaces, rather than synthesised imitations. The
acoustic spaces chosen were York Minster (RT60 7.71s) [14],
Arbroath Abbey (RT60 3.28) [15] , and St Andrew’s Church
(RT60 1.45s) [16]. Prior to importing sentence and white noise
samples into pure data, they were normalised and insured to
have a constant amplitude. Sentence amplitude is kept constant
in the patch throughout the study at 0.4, with masking white
noise decreasing from 0.4 to 0.1 in intervals of 0.1 (Over the
course of the 9 sentences).

B. Procedure
Participants are presented with nine 10-syllable sentences,

3 times. The first time it is presented, the participant hears
the sentence with 1 of 3 types of reverberation and in com-
bination with white noise at a specific amplitude. The 2nd
time, the participant hears the sentence presented dry (without
reverberation), in combination with white noise at a specific
amplitude. The third time, the sentence is heard with the
same reverberation present but without white noise present.
After hearing each sentence, participants rate the sentence
intelligibility on a scale from 0 - 9. A rating of 0 constitutes
complete lack of understanding of the spoken sentence. 9
constitutes complete and effortless understanding of the spoken
sentence. After listening to, and rating the set of 3 sentences,
participants then type the sentence they have heard into a
message box, recording their results. After completion of all
9 sets of sentences, participants save their data, and it is
organised for the next participant.

VII. EXPECTED RESULTS

After preparing the patch for the experiment, several tests
were run on practise participants. As a general rule, I expect
reverberant sentences combined with masking noise to be the
least intelligible regardless of masking noise amplitude. With
masking noise at the same amplitude as the test sentence, I
expect reverberant sentences without masking noise the most
intelligible, followed by dry sentences with masking noise.
However, as the amplitude of masking noise decreases as the
test goes on, I am unsure as to whether reverberant sentences
without masker, or dry sentences with masker will be the most
intelligible.

VIII. AUDIO ANALYSIS

Figure 3 has been included to be able to assess the loss of
detail that has been experience as a result of the convolution
reverb on a sentence without masker noise, compared with
a sentence with masker noise. Figure 3 shows sentences
without masker noise. When the signal is convolved, the loss
of frequency modulations and consonant enveloping is quite
apparent. Compare this with similar sentences combined with
masker noise and these effects are exacerbated (Figure 4). The
spectrogram shows a huge range of frequencies are present
in these sentences, As the frequency modulations between the
speech signal itself and the noise is less distinct than those in
figure 3, it would suggest that intelligibility is less in this case.

IX. SYSTEM SUCCESS ANALYSIS

Spectrogram images from the pure data patch successfully
demonstrate the detrimental maskings effect of both reverber-
ation and masking noise as distinct and combined elements.
By requiring participants not only to rate the intelligibility
of sentences on a 0 - 9 scale, but also asking them to type
the specific sentence they heard into patch, we record both
subjective and objective pieces of information. This combined
evidence allows much more reliable data to be recorded, and
for further studies to build upon.
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Fig. 3. Dry vs Reverberant Sentence (No Masking Noise) [RT60 7.71]

Fig. 4. Dry Sentence with Masking Noise vs Reverberant Sentence with
Masking Noise

X. SUGGESTIONS FOR FUTURE IMPROVEMENT

For subsequent studies, a much greater range of of rever-
beration times would add credibility to the results. In the
present study, reverberation times vary from 7.71s to 3.28s
to 1.45s. Although chosen to give clear, wide ranging results,
the difference between them is too severe, leading to big
variations in results. Where the reverberation time of 1.45s
was perhaps to short to achieve substantial masking results, the
reverberation time of 7.71s was feasibly to extreme to allow
much comprehension of target speech at all. By choosing a
narrower amount of reverberation times, it would be possible
to find the cutoff point between effortless comprehension and
demanding comprehension. In addition to this, more precise
sentence construction could be of use. By selecting sentences
with a specific proportion of consonant to vowel content, this
could be used to find how reverberation and noise masks par-
ticular vowels or consonants, or particular vowel or consonant
phrases.
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