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People with sensorineural hearing loss have difficulty understanding speech, especially when background sounds are present. A
reduction in the ability to resolve the frequency components of
complex sounds is one factor contributing to this difficulty. Here,
we show that a reduced ability to process the temporal fine
structure of sounds plays an important role. Speech sounds were
processed by filtering them into 16 adjacent frequency bands. The
signal in each band was processed by using the Hilbert transform
so as to preserve either the envelope (E, the relatively slow
variations in amplitude over time) or the temporal fine structure
(TFS, the rapid oscillations with rate close to the center frequency
of the band). The band signals were then recombined and the
stimuli were presented to subjects for identification. After training,
normal-hearing subjects scored perfectly with unprocessed speech,
and were ⬇90% correct with E and TFS speech. Both young and
elderly subjects with moderate flat hearing loss performed almost
as well as normal with unprocessed and E speech but performed
very poorly with TFS speech, indicating a greatly reduced ability to
use TFS. For the younger hearing-impaired group, TFS scores were
highly correlated with the ability to take advantage of temporal
dips in a background noise when identifying unprocessed speech.
The results suggest that the ability to use TFS may be critical for
‘‘listening in the background dips.’’ TFS stimuli may be useful in
evaluating impaired hearing and in guiding the design of hearing
aids and cochlear implants.
background noise 兩 dip listening 兩 hearing impairment 兩
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W

hen trying to understand speech in background sounds,
hearing-impaired people perform somewhat more poorly
than normal when listening in a steady background sound, but
perform considerably more poorly when listening in a fluctuating background sound (1). Normal-hearing people get a considerable benefit from temporal dips in background sounds, but the
hearing impaired seem to have little or no ability to ‘‘listen in the
dips’’ to enhance speech perception, even when appropriate
amplification is provided to ensure that the sounds in the dips are
above the absolute threshold (2). This paper offers an explanation for why hearing-impaired people have such problems.
The auditory system performs a limited-resolution spectral
analysis of sounds using an array of overlapping ‘‘auditory
filters’’ with center frequencies spanning the range from ⬇50 to
15,000 Hz (3, 4). The output of each filter is like a bandpass
filtered version of the sound, which contains two forms of
information: fluctuations in the envelope (E, the relatively slow
variations in amplitude over time) and fluctuations in the
temporal fine structure (TFS, the rapid oscillations with rate
close to the center frequency of the band) (5). The TFS is often
described as a ‘‘carrier’’ while the E is described as an amplitude
modulator applied to the carrier. It is commonly believed that E
cues are represented in the auditory system as fluctuations in the
short-term rate of firing in auditory neurons, while TFS is
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represented by the synchronization of nerve spikes to a specific
phase of the carrier (phase locking) (6, 7).
The role of E and TFS cues in speech perception has been
studied by splitting sounds into contiguous frequency bands and
processing the signal in each band so as to preserve only E or TFS
cues. E cues alone can be presented by deriving the envelope in
each band and using the envelope to amplitude modulate a noise
band or sinusoid centered at the same frequency as the band
from which the envelope was derived (8). With a moderate
number of bands (4–16), E cues alone can lead to high intelligibility for speech in quiet both for normal-hearing people (9, 10)
and for hearing-impaired people (11, 12). The fact that hearingimpaired people can achieve high levels of speech understanding
for speech in quiet using E cues alone suggests that their
difficulties in speech perception in noise do not stem from a basic
difficulty in using E cues. However, for normal-hearing listeners,
the intelligibility of speech based on E cues alone is very poor
when a fluctuating background sound such as a single talker or
an amplitude modulated noise is present (13–17); presumably,
the same would apply for hearing-impaired listeners. This suggests that E cues alone do not allow effective listening in the dips
of a background sound.
It is possible that the normal auditory system decides whether
a speech signal in the dips of a background sound is produced by
the target speech or is simply part of the background sound by
using information derived from neural phase locking to TFS;
changes in phase locking of auditory nerve discharges when a
valley occurs indicate that a signal is present in the valley. This
has been demonstrated mainly using basic psychoacoustic stimuli
such as tones in fluctuating background sounds (18, 19). The
difficulties experienced by hearing-impaired people when trying
to listen in the dips may reflect a loss of ability to extract or use
information from TFS, but, again, the loss of ability to use TFS
has been demonstrated mainly using simple psychoacoustic
stimuli (20–22) and the single study employing speech used an
indirect approach based on correlation (23).
One way to study the role of TFS is to process speech so as to
remove envelope cues as far as possible while preserving TFS
cues, although this is technically difficult (16, 24). One approach
is to filter the signal into a large number of contiguous bands, to
extract the envelope in each band using the Hilbert transform
(25), and to divide the signal in each band by the envelope (26).
The resulting signal in each band has constant envelope amplitude, but a time-varying TFS. The band signals are then recomAuthor contributions: C.L., G.G., S.G., and B.C.J.M. designed research; G.G. and H.C.
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bined. A problem with this approach is that degraded E cues may
be recovered at the outputs of the auditory filters because the E
and TFS information are correlated (24, 27). However, this
problem occurs mainly when the number of analysis bands is
small, so that the widths of the analysis bands are larger than four
times the widths of the normal auditory filters (28). When the
number of bands is high, as used here, recovered E cues lead to
identification of consonants in nonsense syllables that is close to
chance for subjects with normal hearing (28).
We used a consonant-identification task to assess the ability of
normal-hearing and young and elderly hearing-impaired subjects
to identify intact speech and speech processed to preserve only
E cues or TFS cues in 16 frequency bands (see Methods section).
Mean audiograms for the three groups are shown in Fig. 1. Fig.
2A shows performance as a function of session number for TFS
speech for normal-hearing subjects and young and elderly hearing-impaired subjects. Fig. 2B shows mean scores for all three
groups for the last four test sessions. For the intact speech, the
normal-hearing group achieved perfect scores and both groups
of hearing-impaired subjects performed nearly as well as the
normal-hearing group, although performance was slightly worse
for the older group. For the E and TFS conditions, there was a
significant interaction between factors processing scheme (two
levels: E and TFS) and listener group (three levels); (F2,18 ⫽ 80.9;
P ⬍ 0.0001). The normal-hearing group achieved scores over
90% for the E speech, after moderate training. Scores for the

Fig. 2. Percent correct identification of types of speech. (A) Percent correct identification of TFS speech as a function of session number for normal-hearing
subjects (thick lines), and young and elderly hearing-impaired subjects (thin lines). (B) Percent correct identification of intact, E and TFS speech for each group
of subjects, averaged over the last four test sessions. NH, normal hearing; HI, hearing impaired. Error bars indicate ⫾ one standard deviation about the mean
across subjects.
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Fig. 1. Absolute thresholds (in dB HL) for the tested (right) ear as a function
of frequency (in kHz). Mean data are presented for normal-hearing (open
circles), and young (gray circles) and elderly hearing-impaired subjects (black
circles). Error bars indicate ⫾ 1 SD about the mean across subjects.

TFS speech also reached ⬇90% correct, but these scores were
found after more extensive training and were not significantly
different from those for the E speech. These results confirm
previous work suggesting that envelope cues are important for
the intelligibility of speech in quiet (9, 29), but the results also
indicate that TFS cues alone can give high intelligibility. The
young hearing-impaired group performed slightly but not significantly better than the normal-hearing group for the E speech,
but performed much more poorly than the normal-hearing
group for the TFS speech (t (18) ⫽ 16.8; P ⬍ 0.0001). Most
subjects scored close to the level that would be expected from the
use of cues such as overall duration or long-term spectral cues
(⬇10–20% correct), and the two best-performing subjects
achieved scores of ⬇30% correct. The elderly hearing-impaired
group performed slightly (but not significantly) less well than the
other two groups for the E speech; but they performed very
poorly for the TFS speech, with scores averaged over the last four
sessions all below 20%. Mean scores for TFS speech were
significantly lower for the elderly hearing-impaired group than
for the normal-hearing group (t (18) ⫽ 18.62; P ⬍ 0.0001), but
scores did not differ significantly for the young and old hearingimpaired subjects. Information transmission analysis (30) conducted on the confusion matrices indicated that reception of
voicing, manner, and place of articulation in both groups of
impaired subjects was barely degraded for E speech and nearly
abolished for TFS speech.
These results indicate that moderate sensorineural hearing
loss causes a dramatic deterioration in the ability to use TFS for
speech perception. A modest deleterious effect of greater age
was found but did not reach statistical significance, probably
because of a floor effect. However, the ability to use envelope
cues remains largely intact, explaining the preserved intelligibility of intact speech in quiet. As described in the introduction,
E cues alone lead to poor intelligibility for normal-hearing
subjects when a fluctuating background sound is present (13–17).
This is consistent with the idea that TFS is important for listening
in the dips and that the inability of hearing impaired subjects to
use TFS cues is at least partly responsible for their reduced ability
to understand speech in fluctuating backgrounds.
To assess whether the loss of ability to use TFS could explain
the reduced ability of the hearing impaired to exploit dips in
background sounds, the seven subjects from the young hearingimpaired group were assessed for their ability to understand
intact nonsense syllables in a steady background noise and in a
background noise that was sinusoidally amplitude modulated at
an 8-Hz rate with a 100% depth, as described in (17). The
speech-to-noise ratio was fixed individually at the level yielding

Fig. 3. Amount of masking release (in %) as a function of performance for
TFS speech (in %) for the seven young hearing-impaired subjects.

⬇50% correct identification for the speech in steady noise. The
difference in scores for these two conditions provides a measure
of the ability to listen in the dips of the modulated background;
this is called masking release (17). TFS identification scores were
assessed again in these subjects in four repeated sessions interleaved with the four sessions for the masking release task. Fig.
3 shows masking release plotted as a function of the mean score
obtained for TFS speech. The correlation between the two is
0.83, which is significant at P ⬍ 0.05 (one-tailed test). Note that
the amount of masking release for these subjects is markedly
smaller than is typically found for normal-hearing subjects under
similar conditions (17, 31). Overall, the pattern of the results
supports the hypothesis that listening in the dips depends on the
use of TFS information and that the greatly reduced benefit of
dip-listening for hearing-impaired subjects is a result of the loss
of ability to use TFS.
It is important to note that neural phase locking per se may not
be affected by hearing impairment (32), although some studies
do show alterations in phase locking to pure tones (33) and
vowel-like sounds (34). However, the ability to use TFS cues may
be impaired because the TFS information is extracted via
cross-correlation of the outputs of different points along the
basilar membrane (35–37). This cross-correlation process may be
disrupted in hearing-impaired people because of abnormalities
in the traveling wave on the basilar membrane caused by loss of
the active mechanism (38). Another possibility is that the ability
to use TFS cues is adversely affected by broadening of the
auditory filters in hearing-impaired people (39). A consequence
of such broadening is that the TFS within a specific channel can
fluctuate more rapidly over time. It has been proposed that the
mechanism that ‘‘decodes’’ TFS information is ‘‘sluggish’’ and
cannot track rapidly fluctuating TFS (40, 41).
In summary, the results demonstrate a dramatic loss of the
ability of hearing-impaired subjects to use TFS cues for speech
perception. This loss appears to account for the fact that, unlike
normal-hearing subjects, hearing-impaired subjects have little or
no ability to exploit dips in background sounds to improve
speech perception. The lack of ability to use TFS cues probably
also limits the ability of people with cochlear implants to
understand speech when background sounds are present. Improving the ability to use TFS should be a goal for designers of
hearing aids and cochlear implants (42, 43), and TFS speech, as
used here, may provide an important tool in evaluating how well
this goal is achieved and in the early diagnosis of sensorineural
hearing loss.
Methods
Stimuli. Speech signals were digitized (16-bit resolution) at a
44.1-kHz sampling frequency; they were then band-pass filtered
using Butterworth filters (72 dB/oct rolloff) into 16 adjacent
0.35-oct wide frequency bands spanning the range 80–8,020 Hz.
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The bands were less than two times as wide as the ‘‘normal’’
auditory filters (44), and probably comparable to the widths of
the auditory filters of the impaired subjects (45), thus ensuring
that recovered E cues would be minimal (28) for both groups of
subjects. The use of these analysis bands also ensured that the
amount of spectral information provided by the E stimuli was
similar for the normal-hearing and hearing-impaired subjects.
The cutoff frequencies used and the technical details regarding
stimulus generation are given in (28). These bandpass filtered
signals were then processed in three ways. In the first (referred
to as ‘‘intact’’), the signals were summed over all frequency
bands. These signals contained both TFS and E information. In
the second (referred to as ‘‘E’’), the envelope was extracted in
each frequency band using the Hilbert transform followed by
lowpass filtering with a Butterworth filter (cutoff frequency ⫽ 64
Hz, 72 dB/oct rolloff). The filtered envelope was used to
amplitude modulate a sine wave with a frequency equal to the
centre frequency of the band, and with random starting phase.
The 16 amplitude-modulated sine waves were summed over all
frequency bands. These stimuli contained only E information. In
the third (referred to as ‘‘TFS’’), the Hilbert transform was used
to decompose the signal in each frequency band into its E and
TFS components. The E component was discarded. The TFS in
each band was multiplied by a constant equal to the root-meansquare (RMS) power of the bandpass filtered signal. The ‘‘power-weighted’’ TFS signals were then summed over all frequency
bands. These stimuli contained TFS information only. In all
conditions, the global RMS value of each stimulus was equalized.
All stimuli were delivered monaurally to the right ear via
Sennheiser HD25–1 headphones. The stimuli were presented to
the normal-hearing subjects at a level of 75 dBA and were
presented to the hearing-impaired subjects after amplification of
⬇20 dB to ensure that the stimuli were audible and comfortably
loud.
Procedure. The identification task is fully described in (17, 28). A

typical experimental session involved the identification of 48
vowel-consonant-vowel items (i.e., three exemplars of 16 /aCa/
utterances with C ⫽ /p, t, k, b, d, g, f, s, 兰, v, z, j, m, n, r, l/, read
by a French female speaker) processed using a given scheme and
presented in random order in quiet. No feedback was given (even
in the training sessions). For each subject and for each type of
stimulus, training in sessions lasting 5 min was given until
performance appeared to be stable (Fig. 2 A). For a given
processing scheme, stability was deemed to be achieved when
identification scores covered a range of less than 9% across four
successive sessions. All subjects were tested first using ‘‘intact’’
speech and thereafter using E and TFS speech. E and TFS
conditions were interleaved until stability was reached in a given
condition; testing was carried out after this in the remaining
condition until stability was reached in the latter. More training
was required for the TFS speech (10–17 sessions) than for the
intact (4–6 sessions) or E speech (4–12 sessions).
Analyses. The percentage correct identification was calculated
and a confusion matrix was constructed from the data for the last
four sessions (192 responses) for a given processing scheme. All
statistical analyses (ANOVA and t-tests with Bonferroni correction) were conducted on the arcsine-transformed scores
obtained in the E and TFS conditions.
Subjects. Seven young subjects (mean age ⫽ 26; range: 21–35)
with normal hearing (i.e., audiometric thresholds not exceeding
15 dB hearing level (HL) at any of the frequencies between 0.25
and 6 kHz) were tested (46). The hearing-impaired subjects were
selected to have ‘‘flat’’ moderate hearing losses in the right ears,
and they were divided into two groups: young (n ⫽ 7; mean age ⫽
24; range: 18–37) and elderly (n ⫽ 7; mean age ⫽ 68; range:
Lorenzi et al.

63–72), because there is some evidence that the ability to use
TFS decreases with increasing age (47, 48). The mean audiograms for all three groups are shown in Fig. 1. Air-conduction,
bone-conduction, and impedance audiometry for the hearingimpaired subjects were consistent with sensorineural impairment. The origin of hearing loss was unknown for all elderly
subjects and was either congenital or hereditary for the young
ones. All impaired subjects had been fitted with a hearing aid on
the tested ear for ⬇9 years. All subjects were fully informed
about the goal of the present study and provided written consent
before their participation. This study was carried out in
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