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Abstract

Long-term envelope modulations (< 100Hz) influence
the identification of speech in noise. It is not clear, how-
ever, whether this influence only takes place at the level
of acoustic-phonetic analysis (phonetic identification) or
if envelope fluctuations may also help in auditory figure-
ground segregation (e.g. separation of speech from con-
current backgrounds). An experiment is presented in
which the influence of long-term envelope modulations
was investigated using signals mixed with either station-
ary or temporally modulated noise. The better perfor-
mance observed when processing speech in modulated
background may be related to the listeners’ ability to use
envelope information in trying to follow concurrent sig-
nals independently. It is therefore predicted that, if long-
term envelope modulations help to segregate speech from
noisy backgrounds, this effect should be stronger when
envelope information is fully available.

1. Introduction

Aperiodic complex sounds are characterized by various
frequencies of the amplitude modulation spectrum, only
some of which may be resolved as spectral components
of the acoustic signals. Amplitude modulations within
100Hz and 20,000Hz are spectrally resolved by the hu-
man auditory system. They are characterised as spec-
tral components of the acoustic signals which the human
cochlea can analyse. Lower frequencies of the sound
modulations (< 100Hz) fall below the spectral resolv-
ability of the human auditory system. They reflect the
temporal evolution of the amplitude envelope and, though
they provide only global amplitude modulation, they have
been shown to play a significant role in speech percep-
tion. Their effect has been studied using various speech
signal manipulations consisting of either removing the
long-term envelope modulations or suppressing the fine
spectral structure while keeping these envelope modula-
tions intact. Though the observed data are useful for an
understanding of the effective cues for speech perception,
it is not possible to reach a precise understanding of the

various ways envelope information may be involved in
processing speech.

2. Background

In this paper, it is argued that envelope information may
be useful for both acoustic-phonetic analysis and audi-
tory figure-ground segregation. Though previous data
support the argument that amplitude envelope cues play a
significant role in acoustic-phonetic analysis, they do not
provide information with respect to the likely influence of
envelope information on the segregation of speech from
noise. The present experiment is aimed at investigating
this issue.

2.1. Envelope information and the perception of
speech in quiet

In order to study the influence of envelope information
on speech perception processes, some authors have used
spectrally degraded speech in which the amplitude of a
broadband noise is modulated by the envelope of a refer-
ence speech signal [1, 2]. In these experiments, the role
of envelope information has been studied with isolated
utterances. Providing listeners with only envelope am-
plitude information does not completely hinder recogni-
tion. With VCV (Vowel-Consonant-Vowel) stimuli, Van
Tasell et al. [1] showed that listeners are able to iden-
tify some of the phonetic features which define the me-
dial consonant. Using everyday sentences, Shannon et al.
[2] showed that normal-hearing listeners are able to reach
50% correct sentence recognition with a similar signal
processing scheme with which only long-term amplitude
modulations are available.

Though the data obtained with quiet speech lead to
the argument that envelope information plays a signifi-
cant role in acoustic-phonetic analysis, these modulations
may also be useful for speech perception in noisy back-
grounds. It is therefore straightforward to take a closer
look at studies in which the influence of envelope modu-
lations was investigated using noisy speech.



 Eurospeech 2001 - Scandinavia

2.2. Envelope information and the perception of
speech in noise

Using a different signal processing procedure, Drullman
et al. [3, 4] also showed that envelope amplitude informa-
tion is an important cue for the identification of speech.
Rather than providing listeners with stimuli containing
only temporal modulations with no fine spectral struc-
ture, they filtered the envelope of speech signals with var-
ious types of low-pass [3] and high-pass [4] filters while
keeping the spectral structure intact. Though the resultant
stimuli are easier to understand (and contain spectral in-
formation which may limit the influence of manipulated
low-frequency modulations), this smearing enables one
to investigate the effectiveness of various ranges of enve-
lope modulation more precisely. To study the influence
of modulation-spectrum filtering, stimuli were presented
in a stationary background noise and the Signal-to-Noise
Ratio (SNR) was measured using an adaptive procedure
in which the background noise level was dynamically
controlled. In these experiments, it is shown that Speech
Recognition Thresholds (SRT) are lower when long-term
envelope modulations are removed.

On the basis of these data, it is however not possi-
ble to dissociate the respective contribution of envelope
information in acoustic-phonetic analysis and in the seg-
regation of speech from noise. Indeed, filtering the en-
velope adds to the degradation that is produced by the
addition of noise. As a matter of fact, the noise added in
these studies was only a means to study the role of enve-
lope amplitude modulation with a more precise control of
their availability. However, it seems crucial to find a way
of investigating the issue of their involvement in auditory
figure-ground segregation.

2.3. Investigating the influence of envelope modula-
tion on figure-ground segregation

The purpose of the present experiment is to investigate
the specific involvement of long-term amplitude modula-
tions on the recognition of speech signals in noisy back-
grounds. By such, we mean not only their contribution to
speech identification but their ability to provide informa-
tion with respect to the process of matching each spectro-
temporal component with its most likely acoustic source.

In normal-hearing listeners, the masking of speech by
noise is highly dependent upon the temporal characteris-
tics of the noise [5]. At an equivalent average signal-
to-noise ratio, a stationary noise is more difficult to deal
with than a time-varying noise. As envelope cues involve
long-term modulation of the amplitude across time, they
may account for this effect by providing listeners with
cues to follow each acoustic source in the auditory scene.
Therefore, if envelope cues are responsible for the facili-
tation of speech recognition in time-varying noise, smear-
ing them should lower the performance of human listen-

ers in speech-modulated noise but not (or more than) in
stationary noise. Such a discrepancy between availabil-
ity of envelope amplitude modulation and characteristics
of the concurrent noise would provide a basis for argu-
ing that they are useful for segregating speech from noise
as specific cues to the auditory figure-ground segregation
process and that they do not only provide cues to speech
identification.

3. Method

In order to investigate the specific influence of long-term
envelope modulation on the segregation of speech from
noise, speech recognition performance was compared in
stationary and modulated noise with two levels of high-
pass envelope filtering of the target signals. It is predicted
that stronger smearing of the envelope will hinder the
advantage provided by modulated noise, therefore lead-
ing to a smaller effect of noise characteristics for greater
high-pass cutoff frequencies.

3.1. Participants

Seven normal-hearing listeners, aged 20-30, took part in
the experiment on a voluntary basis.

3.2. Stimuli

A subset of the TI-DIGIT database [6] was used. This
database is made of continuous digit sequences pro-
nounced by several American-English speakers in a quiet
environment. The provided sound files are digitized at
20kHz (16 bit quantisation).

The selected stimuli were 4 or 5-digit utterances pro-
nounced by both men and women. Filtering was per-
formed off-line (see Section 3.3) within the MATLAB en-
vironment and the resulting stimuli were stored on disk.
Two levels of high-pass envelope filtering were applied
to the signals (0.5Hz, 64Hz).

Stimuli were presented by means of Sennheiser HD–
435 headphones at a fixed average amplitude (approxi-
mately 65dB).

3.3. Signal processing

The signal processing scheme was similar to the one de-
scribed in [4]. Stimuli were first passed through a 32-
channel FIR filter-bank of approximately 1=4th octave
bandwidth. The envelope modulation was then extracted
within each frequency channel by means of a Hilbert
transform and half-wave rectified to remove any negative
values. The resulting envelope was under-sampled by a
factor 64. High-pass filters (0.5Hz or 64Hz) were then ap-
plied to each frequency channel before up-sampling the
envelope back to its original sampling frequency. The
original signal was then multiplied by the ratio of the fil-
tered to the original envelope. In order to prevent the oc-
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Figure 1: Combination of two signals (black vs. gray) with full envelope modulation (left) and 64Hz high-pass envelope
filtering (right). Stimuli processed through a 4-channel filter-bank.

currence of high-frequency aliasing, the resulting chan-
nels were low-pass filtered to the upper FIR filter-bank
bandpass cutoffs before recombining the 32 channels to-
gether. The final stimuli keep most of their fine spec-
tral content but have lost the relevant long-term envelope
amplitude modulations. Fig. 1 displays combinations
of 4-channel amplitude envelope filtered signals passed
through 0.5Hz (left) and 64Hz (right) high-pass filters.

The filtered signals were used to produce speech-
modulated noise. Half the samples were negated on a
random basis while the original value of the others was
kept intact. The resulting stimuli can be described as a
broadband noise modulated by the envelope of the ref-
erence signal. The long term spectrum of both modu-
lated and stationary noises was dynamically adjusted to
the concurrent signal’s spectrum during the experiment.

3.4. Procedure

The experiment took place in a sound-proof booth. Stim-
uli were transmitted through headphones and listeners
had to provide each digit sequence they heard by means
of a graphical interface displayed on a computer screen.
A computerised PEST adaptive procedure (Parameter
Estimation by Sequential Testing, [7]) controlled the out-
come of the experiment by modulating the noise level
with respect to the participants’ performance. For each
condition, the session stopped when a satisfactory esti-
mation of the threshold was reached. Each participant

listened to the 4 signal–noise conditions (2 levels of en-
velope filtering, 2 types of noise). The order of presen-
tation of both experimental conditions and target signals
was randomized. At the beginning of each condition, the
randomized lists were compared to prevent the combina-
tion of a target signal with a noise originating from this
signal.

3.5. Results and discussion

A two–way ANOVA was conducted. The Signal-to-
Noise ratio reached at the end of each adaptive session
was set as the dependent variable. The data are displayed
in Fig. 2. A strong effect of envelope filtering occurs.
On the average, listeners’ threshold is at �19:6 dB SNR
for the weak filtering condition but only reaches�4:0 dB
SNR when most of the envelope modulations have been
removed (F (1; 6) = 781:728; p < :01). No global effect
of noise characteristics is observed. Though a lower
threshold is observed for modulated noise (�12:3 dB)
than for stationary noise (�11:3 dB), this difference is
only marginally significant (F (1; 6) = 4:598; p = :076).

However, the effect of noise modulations on listen-
ers’ performance seem to vary with the amount of enve-
lope filtering. At 0.5Hz cutoff, in line with the observa-
tions of Festen et al. [5], an advantage is observed for
modulated noise. However, in the 64Hz high-pass cut-
off condition, a better performance is observed for sta-
tionary noise. This interaction between envelope filtering



 Eurospeech 2001 - Scandinavia

0.5Hz 64Hz 
−25

−20

−15

−10

−5

0

High−pass filter cutoff

50
%

 r
ec

og
ni

tio
n 

th
re

sh
ol

d 
(d

B
)

Stationary Noise
Modulated Noise 

Figure 2: Mean SNR (dB, Standard-Error bars) reached
at the end of the adaptive procedure.

and noise characteristics reaches statistical significance
(F (1; 6) = 7:762; p < :05). In order to provide a better
understanding of this effect, t-tests aimed at testing the
effect of noise characteristics were applied on the data
within each condition of the envelope filtering variable.
This restricted analysis shows that the effect of noise
modulations, though reversed (Fig. 2), is significant with
both 64Hz (t6 = 2:641; p < :05) and 0.5Hz high-pass fil-
tered signals (t6 = 2:643; p < :05). Therefore, while lis-
teners processing speech signals with envelope informa-
tion can benefit from the temporal modulation available
in the concurrent background, removing parts of this in-
formation reverses the effect and makes perception easier
in a stationary noise.

4. General Discussion

The experimental data confirm the hypothesis that long-
term envelope modulations not only are useful for
acoustic-phonetic matching but may also have a strong
influence on auditory figure-ground segregation pro-
cesses. By providing an alternation between acoustic
components within each frequency band, they may help
the speech processing system to follow acoustic sources
more precisely due to the different long-term amplitude
modulations which characterize each source. It is how-
ever not clear whether the observed effects may be inter-
preted in terms of cognitive processes aimed at using en-
velope information or if this effect may be accounted for
by a greater acoustic masking of the spectral components
when temporal envelope is smeared.

Whereas human listeners usually perform better in
modulated backgrounds, Automatic Speech Recognition
systems show a reversed pattern. This phenomenon must
be related to the greater predictibility of stationary noise.

As a matter of fact, noise reduction algorithms do not use
envelope information yet. One may therefore compare
our human participants listening to highly filtered speech
with artificial systems processing acoustic signals with no
processes designed to structure and predict the input on
the basis of the envelope cues. This comparison seems
useful to provide insights into the cognitive-acoustic is-
sue. Indeed, when artificial systems process speech in
modulated background, the envelope information is avail-
able in the acoustic input. Nevertheless, their pattern of
performance do not replicate the human data. Therefore,
spectral acoustic masking is not necessarily involved in
reversing the stationary–modulated noise effect. It is cru-
cial to investigate this issue more precisely to dissociate
acoustic and cognitive explanations.
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