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Introduction

Since the invention of loudspeaker reproduction systems,
the playback of speech in reverberant environments is
often encountered in our daily life, e.g. during telepho-
ne conferences or announcements in public address sy-
stems. Since the clean speech signal is available in such
a scenario, it allows to reduce the detrimental effects of
reverberation on the speech signal before the signal is re-
produced within a room. There are several implications
for speech intelligibility when reverberation is present in
a room, e.g., the time-smearing effect caused by late re-
flections that will potentially mask speech events [1] and
a reduction of the modulation depth which is reported to
be important for speech perception [2]. Instead of aiming
to post-process enhancing the speech signal that is captu-
red at the listener position like in a hearing aid scenario
[3], the access to the clean speech allows to pre-process
the speech to reduce the overlap-masking on consecutive
speech events such as initially proposed by [4], [5], [6]. [5]
showed that a reduction of overlap-masking increases the
reduced modulation depth which results in an increased
speech intelligibility [7]. Additionally, [8] has shown, that
an artificially increased consonant-to-vowel intensity ra-
tio can increase speech intelligibility when reverberation
is present. Hence, a second approach is presented, that
increases the consonant-to-vowel intensity ratio (onset-
enhancement).
This study presents an extended pre-processing approach
based on preliminary work by [4], that increases intelligi-
bility based on human auditory processing to reduce the
overlap-masking due to the reverberation that is present.
An auditory model [9] is used to optimize the proposed
algorithms to find the optimal parameter-settings that
lead to the lowest predicted speech-receptions thresholds
at 50% speech intelligibility (SRT50). An objective and
subjective evaluation shows the impact on the intrinsic
modulation spectra and on speech intelligibility for a wi-
de range of reverberation times even when a considerably
mismatch of the impulse response (IR) is assumed.

Method

This section describes the basic idea to increase speech
intelligibility in reverberant environment that is usually
degraded when it is emmited into a reverberant environ-
ment. A more extensive derivation of the gain-functions
that can be applied directly on the dry speech signal can
be found in [10]. Because the algorithm makes use of
knowledge about auditory processing, it does not rely on
details of the exact fine-structure of the speech signal s(t)
but rather on the energy distribution φks(j) in auditory
filters j in 32 ms time frames k.

If a speech signal s(t) is rendered into a room it can be
described as a convolution with a impulse response h(t),
formulated as the spectral energy distribution φky(j). Be-
cause the direct sound has the most important contribu-
tion to speech intelligibility, we can assume that the best
intelligibility can be achieved if only the direct compo-
nent (φksd(j)) is present in a room. This will preserve the
similarity of spectro-temporal shape without the distur-
bing masking component (φksm(j)):

φky(j) = φksd(j) (1)

The direct and masking contribution of the reverberated
speech φky(j) is defined as follows:

φky(j) = φksd(j) + φksm(j) (2)

A closer look on Eq. 2 reveals, that the direct compo-
nent φksd(j) has only got contributions of a single frame

k, whereas the masking component φksm(j) has multiple
contributions from previous frames (k−1, k−2, ..., k−N)
contributing to frame k, because of the reverberant tail
of the IR. The number of total frames N is defined by
the total length of the IR.

Approach 1: Overlap-masking reduction
(OMR)

The first approach aims to reduce the amount of overlap-
masking to increase speech-intelligibility. After substitu-
ting Eq. 1 and Eq. 2 we receive a time and frequency
dependent gain function which can be applied directly to
the dry speech signal:

αk(j) =
φksd(j) − φksm(j)

φksd(j)
(3)

The analysis of Eq. 3 shows, that αk(j) will be 1 if no
masking component (φksm(j) = 0) is present (or no re-
verberation). If the amount of reverberation increases
(φksm(j) > φksd(j)), the direct contribution is masked by
the reverberant tail and the respective spectro-temporal
unit j is reduced (αk = 0) because it is assumed to be
inaudible.

Approach 2: Onset-enhancement (OE)

A second approach can be derived by using the direct
to reverberant ratio of speech (DRRs) as a measure to
control the gain-function:

DRRsk(j) = αk(j) =
φksd(j)

φksm(j)
(4)
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This function acts like an onset-enhancement, empha-
sizing the segments which rapidly change across time si-
gnaled by a masking component that is rather small with
respect to the direct component (like for example conso-
nants). The segments in which φksm(j) is smaller than
φksd(j) are reduced like in the OMR approach.

Evaluation

For evaluation purposes, the speech material of the Ol-
denburg Sentence Test (OLSA, [11]) was used, both in
the objective and subjective evaluation. Speech recepti-
on thresholds (SRT50) at 50% speech intelligibility le-
vel was measured in the presence of speech shaped noise
(SSN) that was presented at a level of 65 dB-SPL to
the listener. The speech material and noise was convol-
ved with the IR h(t) to simulate the reproduction in a
room and was either presented with processing (overlap-
masking-reduction (OMR) or onset-enhancement (OE))
or without processing (unproc) to the listener. Eight li-
stener participated in SRT measurements for the three
different room-acoustical scenarios shown in table 1. Ad-
ditionally, the algorithm was evaluated in two rooms that
are similar to R1 and R3 to investigate the robustness
of the proposed algorithms. For that, the algorithm was
optimized on one (optimized)-position (IR) and was eva-
luated on a second (non-optimized)-position (IR) in the
same room. Such a comparison allows to show if it is
advantageous to consider only a coarse spectro-temporal
representation of speech instead of using the exact fine-
structure and phase of the IR.

Tabelle 1: Room-acoustical scenarios used in the objective
and subjective evaluation.

properties
room-acoustical scenarios

room 1
(R1)

room 2
(R2)

room 3
(R3)

T60(s) 0.8 1.2 3
length (m) 10.9 5 32
width (m) 10.8 3 11
height (m) 3.15 3 9.5

Objective Evaluation

Fig. 1 shows an example processing of a sentence, fil-
tered with the OMR-approach. Illustrated are spectro-
temporal energy distributions φk(j) of a) the dry speech
signal φks(j), b) the reverberated speech signal φky(j), c)

the direct component φksd(j), d) the masking component

φksm(j) and e) the pre-processed speech signal φkŝ(j) after
filtering with αk(j). A closer look on panel a) shows well-
defined characteristic of amplitude-modulation of speech
which is strongly affected by reverberation b) when it
is emitted into the room. We can assume that the best
intelligibility can be achieved and both signals will ha-
ve a high similarity when only the direct sound would
be present, i.e. without the degrading masking compo-
nent illustrated in d) which reduces modulation due to
the time-smearing effect and overlap masking. The lo-

Abbildung 1: Example of the effect of processing of a speech
sentence with the overlap-masking reduction approach. Illu-
strated in all panels is the energy within auditory bands j
across frame number k. Panel a) shows the energy of a dry
unprocessed speech signal s(t), b) shows the reverberated si-
gnal caused by the convolution of a IR h(t) with s(t), c) shows
the convolution of the direct contribution of the IR hd(t) with
s(t), d) shows the convolution of the reverberant (masking)
contribution of the IR hr(t) with s(t) and e) shows a pre-
processed dry speech sentence calculated from the direct con-
tributions from panel c) and the reverberant contributions
from panel d).

west panel shows the pre-processed speech signal. It can
be seen that after a certain amount of reverberation, qua-
si stationary speech segments are reduced in amplitude
to reduce the amount of energy emitted into the room
to preserve the similarity of the envelopes in terms of
spectro-temporal distributions and therefore to reduce
the amount of overlap-masking.

Modulation improvement

Fig. 2 shows the signal-to-noise envelope energy (SNRenv)
across auditory center frequency and center modulation
frequency seen by an auditory model for speech intelligi-
bility prediction [9]. The model is able to predict speech
intelligibility in the presence of an interferer for non-
linear processing applied on reverberated speech. Illustra-
ted is the mean envelope energy at a global SNR of −3 dB
for the unprocessed reverberated speech (upper panel)
and for the pre-processed reverberated speech with the
OE-algorithm (lower panel). The comparison between
the unprocessed speech and pre-processed speech shows
an overall improvement of the modulation energy due
to the pre-processing. This effect is observable for low
modulation frequencies which are important for speech
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perception.

Abbildung 2: Signal-to-noise envelope energy SNRenv across
center frequency and center modulation frequency. The upper
panel shows the SNRenv of the unprocessed and the lower
panel the pre-processed energy.

Subjective Evaluation

Figure 3 shows the SRT50 for the subjective evaluation
obtained with the OLSA test for R1, R2 and R3. Illu-
strated are mean values with between-subject variability
in terms of standard deviation. Each subject made two
repetitions. Considering the left-panel in figure 3, it can
be seen that both algorithms (OE and OMR) improve
speech intelligibility by about 1 to 2 dB. At a reverbera-
tion time of T60 = 1.2 s, the mid-panel shows an improve-
ment of about 6 dB for the OMR condition and a slightly
lower improvement of about 5 dB for the OE conditions.
The right-most panel shows for the OMR only a slightly
improved SRT and for the OE condition an improvement
of about 2 dB is seen.

Robustness

To investigate the robustness of the algorithms in terms
of a change in the listener position, the subjective eva-
luation was conducted at the position on which the al-
gorithm was optimized and on a non-optimized position
(distance between microphones approximately 1 m and
5 m). The results in figure 4 show that the improvements
of 1 dB to 2 dB in speech reception thresholds across
both rooms are comparable to one another which indica-
tes a rather robust behavior of the algorithms against an
IR mismatch.

Summary

This study presented two pre-processing approaches on
basis of preliminary work by [4] that reduces the amount
of overlap-masking of speech that is emitted in a reverbe-
rant environment. On basis of auditory motivated trans-
fer functions derived separately for the direct and the re-
verberant/masking components, the algorithms use both

Abbildung 3: Illustrated are mean values and standard de-
viation of speech reception thresholds at 50% speech intel-
ligibility (SRT50) measured in speech-shaped noise. Unproc
represents the unprocessed speech, onset-enhancement (OE)
and overlap-masking reduction (OMR) represent both pre-
processing approaches evaluated in the room-acoustical sce-
narios shown in table 1.

contributions to control gain functions and to decide if
a speech segment will be inaudible and does not contri-
bute to speech intelligibility anymore and can be redu-
ced. Because the first processing approach acts like an
onset enhancement, a second approach was derived in
which onsets are directly emphasized and steady-state
components are reduced in amplitude. An optimization
and analysis with an auditory model showed improve-
ments of the degraded modulation spectra that are im-
portant for speech intelligibility. A speech intelligibility
test indicated that such an algorithm allows to improve
speech intellgibility between 1 dB and 6 dB depending on
the pre-processing strategy and the amount of reverbera-
tion (T60) that is present in the room. The listening test
also indicated that the proposed algorithms are robust
when the IR had a considerably mismatch. The rather
low complexity and the causal framework of the algo-
rithm allows for a real-time application to speech that is
rendered via loudspeakers in reverberant environments.
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