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Unintelligible Low-Frequency Sound Enhances
Simulated Cochlear-Implant Speech

Recognition in Noise
Janice E. Chang, John Y. Bai, and Fan-Gang Zeng*, Member, IEEE

Abstract—Speech can be recognized by multiple acoustic cues
in both frequency and time domains. These acoustic cues are often
thought to be redundant. One example is the low-frequency sound
component below 300 Hz, which is not even transmitted by the
majority of communication devices including telephones. Here,
we showed that this low-frequency sound component, although
unintelligible when presented alone, could improve the functional
signal-to-noise ratio (SNR) by 10–15 dB for speech recognition
in noise when presented in combination with a cochlear-implant
simulation. A similar low-frequency enhancement effect could
be obtained by presenting the low-frequency sound component
to one ear and the cochlear-implant simulation to the other ear.
However, a high-frequency sound could not produce a similar
speech enhancement in noise. We argue that this low-frequency
enhancement effect cannot be due to linear addition of intelligi-
bility between low- and high-frequency components or an increase
in the physical SNR. We suggest a brain-based mechanism that
uses the voice pitch cue in the low-frequency sound to first segre-
gate the target voice from the competing voice and then to group
appropriate temporal envelope cues in the target voice for robust
speech recognition under realistic listening situations.

Index Terms—Cochlear implant, electro-acoustic stimulation,
low-frequency sound, speech recognition, voice pitch.

I. INTRODUCTION

ALTHOUGH human voice pitch is usually below 300 Hz,
essentially all communication systems, including tele-

phones, do not carry any information below this frequency
[1]. Speech perception is not affected in normal-hearing lis-
teners because these low-frequency sounds alone provide
negligible intelligibility [2] and voice pitch can be recovered
from high-frequency harmonics, a phenomenon known as the
“missing fundamental” [3]. Unfortunately, neither the low-fre-
quency sounds nor the harmonics are accessible to the majority
of the 100 000 cochlear-implant users who rely primarily on
the temporal waveform envelope cue for speech recognition
[4]–[6]. As a result, they enjoy a high level of speech recogni-
tion in quiet listening environments including telephone use,
but have difficulty in noisy situations [7], [8].
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Recent studies have shown low-frequency sounds to enhance
cochlear implant performance, particularly for speech recogni-
tion in noise [9]–[13]. However, the utility and mechanisms of
this low-frequency sound enhancement effect remain unclear.
One problem in these previous studies was that the degree and
range of hearing loss at low frequencies varied greatly in a typ-
ical clinical population, making it difficult to infer the sources
of improvement. The other problem was the difficulty in es-
tablishing well-controlled conditions under which the enhance-
ment effect could be observed. For example, does the observed
benefit require physical interactions between acoustic and elec-
tric stimulations in the inner ear [14]? Can the benefit be simply
the sum of intelligibilities between low- and high-frequency
channels [2]? Will the high-frequency acoustic sound compo-
nent induce a similar benefit?

Using a cochlear-implant simulation, we conducted two ex-
periments to estimate the size of the low-frequency sound en-
hancement effect and to probe the underlying mechanisms. To
overcome the variability in the degree and range of hearing loss
at low frequencies, we low-passed the signal at 250, 500, and
1000 Hz in normal-hearing subjects to separate the contributions
of fundamental frequency and formants to the observed ben-
efit (Exp. 1). To probe the underlying mechanisms, we paired
the acoustic sound and the cochlear-implant simulation in sev-
eral different ways to establish the necessity and sufficiency
of the low-frequency sound component in the observed benefit
(Exp. 2).

II. METHODS

A. Subjects

A total of 16 young adults with normal hearing participated
in this study. Eight of them participated in Exp. 1 and the re-
maining 8 participated in Exp. 2.

B. Stimuli

Hearing-in-noise-test (HINT) sentences produced by a male
talker were used as the test materials [15]. The competing
voice was a single sentence: “A large size in stockings is hard
to sell,” produced by a female talker. The competing sentence
was longer than all of the HINT sentences. The male talker’s
voice pitch varied between 90 and 130 Hz, while the female
talker’s voice pitch varied between 250 and 450 Hz. The target
sentences were fixed at 65 dBA, while the competing voice
level was varied to produce signal-to-noise ratios (SNRs) from
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Fig. 1. Spectrograms of an original target sentence [(A) “A boy fell from the
window,”] the original competing voice [(B) “A large size in stockings is hard
to sell,”], the mixed sentence at 0-dB SNR (panel C), the <500-Hz, low-fre-
quency version of the mixed sentence (panel D), the 4-channel cochlear-implant
simulation of the mixed sentence (panel E), and the combined low-frequency
sound and the 4-channel implant simulation (panel F). Audio demonstrations are
available online (http://www.ucihs.uci.edu/hesp). Y-axis is frequency from 0 to
11 000 Hz, X-axis is time from 0 to 3.45 s, and color scale represents intensity.

20 to 20 dB. Stimuli were presented to the subjects through
Sennheiser headphones in a double-walled, sound-proof room.

We produced a 4-channel cochlear-implant simulation [4],
[16] by band-passing the original signal through four bandpass
filters with their cutoff frequencies designed to have equal dis-
tances along the cochlea [17]. The temporal envelope from each
band was extracted by full-wave rectification, followed by a
400-Hz low-pass filter (second-order Butterworth). The enve-
lope was then used to amplitude modulate a sinusoidal car-
rier with its frequency being the same as the band’s center fre-
quency. Summing the modulated sub-band signals formed a
4-channel cochlear implant simulation. The simulation captures
the speech processing part in a cochlear implant but unlikely the
electrode-nerve interaction and central processing deficits in an
actual cochlear implant listener [4], [16].

Exp. 1 generated three low-frequency stimuli by low-passing
the original signal at 250, 500, and 1,000 Hz (a 15th-order
Butterworth filter). The 250-Hz low-pass stimulus contained
essentially fundamental frequency information from the target
male talker, whereas the 500- and 1000-Hz stimuli contained
fundamental frequency and lower formant information from
both the target and the masker. The corresponding cochlear-im-
plant simulation had a contiguous, but non-overlapping,
bandwidth (i.e., from 250, 500, or 1000 Hz to 8800 Hz, respec-
tively). Fig. 1 shows spectrograms of sample stimuli used in
the present study.

Exp. 2 used the 500-Hz low-passed acoustic component
and the 500–8,800 Hz, 4-channel, cochlear-implant simula-
tion as the baseline condition. In addition, we produced 4
experimental conditions, including a “5-Channel” implant sim-
ulation, diotic implant mode, dichotic mode, and combining a
4-channel simulation with a high-frequency sound component.
The “5-channel” simulation was produced by extracting the
envelope from the 500-Hz low-passed sound and then ampli-
tude-modulating a fixed sinusoidal carrier at 290 Hz (the center
of the 80–500 Hz band). This “5-channel” condition tested
whether similar performance can be achieved by the temporal
envelope cue from the low-frequency sound or the temporal fine
structure in the original low-frequency is required. The “diotic
implant” condition presented identical 4-channel simulations to
both ears, testing whether the observed low-frequency effect is
related to binaural hearing. The “dichotic mode” presented the
4-channel simulation to one ear and the low-frequency sound
to the other, testing whether the observed effect requires direct
interactions in the same ear between low- and high-frequency
sounds. Finally, the high-frequency sound condition paired
a 4-channel simulation with a 4000-Hz high-passed acoustic
component (a fourth-order Elliptic filter) to test whether the
high-frequency sound can produce a similar beneficial effect.

C. Procedure

A 1-up, 1-down adaptive procedure was used to estimate the
SNR at which 50% sentences were correctly recognized [18].
This SNR is referred to SNR50% hereinafter. To estimate the
SNR50% value, the initial SNR was set at 8 dB. The SNR was
increased by 2 dB until the subject correctly identified all key-
words in the first sentence. After that, the SNR was increased by
1 dB if the sentence was incorrectly identified, or decreased by
1 dB if the sentence was correctly identified (i.e., all keywords
must be correct). The SNR50% was estimated by averaging the
SNRs, at which the subject went from correct response to incor-
rect response or vice versa, using the final 1-dB step. A two-way
ANOVA with a within-subjects design was used to analyze the
obtain data in Exp. 1. A Student’s t-test with two-tailed distribu-
tion and two-sample unequal variance was used to analyze the
obtained data in Exp. 2.

III. RESULTS

A. Exp. 1. Effect of Low-Cutoff Frequencies

With the 250-, 500-, and 1000-Hz low-frequency sound
alone, the subjects on average correctly identified 5, 51,
and 75% keywords, corresponding to a sentence recogni-
tion score of 0%, 10%, and 11%, respectively. Fig. 2 shows
the SNR50% value for the 4-channel cochlear-implant sim-
ulations in the presence and absence of the low-frequency
sound. All 4-channel simulations produced a 10-dB SNR50%
[ , ], whereas the additional low-fre-
quency sound produced an SNR50% of 0, 1, and 5 dB
for low-frequency components below 250, 500, and 1000 Hz,
respectively [ , ]. The corresponding
10-, 11-, and 15-dB improvement in SNR50% was significant
[ , ], indicating that the presence of
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Fig. 2. SNR that produced 50% speech intelligibility (SNR50%) is plotted as
a function of the low-pass cutoff frequency. Circles represent data from the
4-channel cochlear-implant simulation and the triangles represent the data from
combining the 4-channel simulation with the low-frequency sound component.
Error bars represent s.e.m.

the relatively unintelligible low-frequency sound enhanced the
cochlear-implant speech recognition in noise.

B. Exp. 2. Effect of Stimulation Modes

Fig. 3 re-plots the performance of the 4-channel cochlear-im-
plant simulation (represented by the two solid lines on the
bottom) and of the 4-channel simulation with the additional
low-frequency sound (represented by the two dashed lines
on the top). Squares represent the performance from the 4
experimental conditions. First, the 5-channel cochlear-implant
simulation produced a 4-dB SNR50%, which was signifi-
cantly better than the 4-channel simulation but worse than
the 4-channel simulation plus the low-frequency sound. This
result suggests that the envelope cue from the low-frequency
sound cannot entirely account for the observed low-frequency
enhancement effect ( 4 out of 11 dB). Second, diotic presen-
tation of the 4-channel cochlear-implant simulation produced
similarly poor performance (8 dB SNR50%) as the monaural
presentation, suggesting disassociation between the low-fre-
quency sound and binaural hearing effects. Third, the dichotic
condition presenting the low-frequency sound in the opposite
ear to the 4-channel simulation produced the same perfor-
mance (1 dB SNR50%) as presenting both to the same ear,
suggesting independence on physical interactions between
low-frequency and high-frequency sounds in the same ear.
Finally, the high-frequency sound alone produced 18% intel-
ligibility in keyword recognition, but it did not significantly
improve the performance (7 dB SNR50%), suggesting that the
low-frequency sound is necessary for the observed enhance-
ment effect.

IV. DISCUSSION AND CONCLUSION

The overwhelming majority of previous speech perception
studies used stimuli consisting of a single, contiguous fre-
quency band. The few exceptions that used a low-frequency
band and a non-adjacent high-frequency band all found a

Fig. 3. SNR50% with a 5-channel cochlear-implant simulation (“5-ch. CI”),
diotic presentation of two 4-channel simulations (“Diotic CI”), dichotic presen-
tation of the 4-channel simulation to one ear and the low-frequency sound to
the other (“Dichotic”), and a combination of the 4-channel simulation and a
high-frequency sound with 4000-Hz high-pass cutoff frequency (“High-freq.”).
The two solid lines represent the 4-channel simulation performance and the two
dashed lines represent the performance with the additional low-frequency sound
(mean � s.e.m.) from Exp. 1. The asterisk represents a statistically significant
difference (p < 0:05).

surprising enhancement effect of the low-frequency sound on
consonant recognition, even when the low-frequency band was
as low as 55–110 Hz [19]–[23]. Because these studies typically
tested phoneme recognition in quiet, they did not receive as
much attention as they deserved. This letter shows a much
more significant effect of the low-frequency sound on sentence
recognition in noise than consonant recognition in quiet. We
consider the following possibilities to account for the observed
low-frequency sound enhancement effect.

First, the low intelligibility scores associated with the low-fre-
quency sound suggest that the 10-dB difference in functional
SNR cannot be due to a linear addition of intelligibilities be-
tween the low- and high-frequency sounds. If the addition of in-
telligibility hypothesis holds, then we would predict that adding
the high-pass acoustic sound, which had 18% keyword intelli-
gibility compared with only 5% for the 250-Hz low-pass sound,
should similarly enhance the cochlear-implant simulation per-
formance. Second, the lack of overlap in bandwidth between
the low-frequency sound and the high-frequency cochlear-im-
plant simulation suggests that the improvement cannot be due
to physically increased signal to noise ratios at any frequen-
cies. Finally, the similar enhancement effect between the dichot-
ically-combined and the monaurally-combined low-frequency
and high-frequency sounds suggest a brain-based mechanism,
rather than an ear-based mechanism.

We hypothesize that the presence of low-frequency sounds
helps to segregate information-bearing high-frequency sounds
into different streams, improving performance at difficult
SNRs. Better performance with higher low-pass cutoff fre-
quencies likely reflects increased contribution from speech
formants, particularly the first formant. Because the 250-Hz
low-pass condition contained essentially only information
regarding the target talker’s voice pitch, we further hypoth-
esize that fundamental frequency plays a major role in the
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observed low-frequency sound effect. We also note that this
centrally-based fundamental frequency mechanism is con-
sistent with similar observations in multi-modal integration
studies, showing that unintelligible voice pitch can enhance
lipreading [24] and speech recognition via tactile stimulation
[25]. Physiologically, a low-frequency sound (e.g., 100 Hz
tone presented at a comfortable loudness level) produces
much broader cochlear and cortical excitation patterns than
a high-frequency sound (e.g., a 10 000-Hz tone presented at
the same level) [26], [27]. It is possible that the brain uses the
low-frequency cue to help analyze the complex auditory scene
[28], [29].

Practically, the present result challenges the wisdom of bilat-
eral cochlear implantation in persons with residual acoustic low-
frequency hearing because better performance may be achieved
with combined cochlear implant and hearing aid stimulation
than bilateral cochlear implants [12], [13], [30]. The present re-
sult likely represents the best condition in actual cochlear im-
plant users with residual acoustic hearing. Actual performance
of the combined acoustic and electric stimulation still needs to
be customized and optimized. Because most modern communi-
cation devices, including telephone and auditory prostheses, do
not transmit low-frequency sounds below 300 Hz, the present re-
sult suggests that explicit encoding of the low-frequency sounds
may enhance their performance in noisy environments.
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