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Vocoder simulation studies have suggested that the carrier signal type employed affects the intelli-
gibility of vocoded speech. The present work further assessed how carrier signal type interacts with
additional signal processing, namely, single-channel noise suppression and envelope dynamic range
compression, in determining the intelligibility of vocoder simulations. In Experiment 1, Mandarin
sentences that had been corrupted by speech spectrum-shaped noise (SSN) or two-talker babble
(2TB) were processed by one of four single-channel noise-suppression algorithms before undergo-
ing tone-vocoded (TV) or noise-vocoded (NV) processing. In Experiment 2, dynamic ranges of
multiband envelope waveforms were compressed by scaling of the mean-removed envelope wave-
forms with a compression factor before undergoing TV or NV processing. TV Mandarin sentences
yielded higher intelligibility scores with normal-hearing (NH) listeners than did noise-vocoded sen-
tences. The intelligibility advantage of noise-suppressed vocoded speech depended on the masker
type (SSN vs 2TB). NV speech was more negatively influenced by envelope dynamic range com-
pression than was TV speech. These findings suggest that an interactional effect exists between the
carrier signal type employed in the vocoding process and envelope distortion caused by signal proc-

essing. © 2017 Acoustical Society of America. [http://dx.doi.org/10.1121/1.5000164]
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I. INTRODUCTION

The perceptual contribution of the temporal envelope
has attracted enduring research interest. Many studies have
assessed the importance of the temporal envelope for speech
intelligibility under various conditions (e.g., Shannon et al.,
1995; Dorman et al., 1997, Chen and Loizou, 2011a).
Vocoder simulations have long been used to extract the mul-
tiband temporal envelope waveforms while removing the
underlying fine-structure information to synthesize envelope-
based vocoded speech (e.g., Shannon et al., 1995; Dorman
et al., 1997; Chen and Loizou, 2011a). With envelope infor-
mation from up to four bands, normal-hearing (NH) listeners
can have near-perfect speech understanding in quiet condi-
tion (Shannon et al., 1995).

In a cochlear implant (CI) device, incoming sound sig-
nals are received via a microphone and fed into a speech pro-
cessor. Most of the existing CI speech processors capture
multi-channel temporal envelopes of sound signal inputs,
and then generate electric stimulations that excite patients’
residual auditory nerves directly. Vocoders aim to transfer
only those acoustic cues that are present for CI users, so they
simulate the signal processing of a CI. Vocoder simulations
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have been applied to examine numerous factors that influ-
ence the intelligibility of envelope-based vocoded speech,
including the number of channels (Shannon et al., 1995;
Dorman et al., 1997), carrier signal type (Dorman et al.,
1997; Fu et al., 2004; Gonzalez and Oliver, 2005; Whitmal
et al., 2007; Chen and Lau, 2014), envelope cutoff frequency
(Shannon et al., 1995; Xu et al., 2005; Souza and Rosen,
2009), and frequency spacing (Kasturi and Loizou, 2007),
among other factors. For this reason, vocoder simulations
have been used widely to assess the potential of new speech-
processing and coding strategies for ClIs before large-scale
clinical evaluations with users are conducted. Vocoder simu-
lation remains a valuable tool in the field of CI research
because it can be used to assess the effects of acoustic fac-
tors in the absence of patient-specific confounds.

When performing vocoder simulations, the envelope
waveform is extracted by steps of bandpass filtering (BPF),
waveform rectification, and low-pass filtering (LPF) (see
Fig. 1). The envelope waveform is used to modulate a carrier
signal. There are two common types of carrier signals used in
synthesizing vocoded speech; pure-tone and white-noise sig-
nals yield tone-vocoded (TV) and noise-vocoded (NV) speech
stimuli, respectively. A limited number of studies have com-
pared the relative performance of these two vocoder types on
speech intelligibility in English (e.g., Dorman et al., 1997;

© 2017 Acoustical Society of America 1157


http://dx.doi.org/10.1121/1.5000164
mailto:fchen@sustc.edu.cn
http://crossmark.crossref.org/dialog/?doi=10.1121/1.5000164&domain=pdf&date_stamp=2017-09-01

(@)

input speech

(b)

input speech

NS: noise suppression
BPF: band-pass filtering
Rect: full-wave rectification

LPF: low-pass filtering
Com: envelope dynamic range compression

Whitmal er al., 2007; Souza and Rosen, 2009; Rosen et al.,
2015) and on the listener’s ability to distinguish gender and
speaker identity (in English, Fu et al., 2004; in Spanish,
Gonzalez and Oliver, 2005). Dorman et al. (1997) compared
English speech intelligibility using a tone or noise vocoder
with varying numbers of channels and found only small
differences that did not reach statistical significance under
most test conditions with vowels, consonants, and sentences.
Their findings suggested that neither of the two vocoder
types was superior to the other. However, in a more recent
study, Whitmal et al. (2007) examined the intelligibility of
English sentences and vowel-consonant—vowel syllables
using a six-band vocoder and found that a tone vocoder pro-
duced more intelligible speech than a noise vocoder under
both quiet and noisy conditions across different signal-to-
noise ratios (SNRs) and two different masker types, namely,
speech spectrum-shaped noise (SSN) and two-talker babble
(2TB). In their study on the interaction between carrier type
and cutoff frequency in the vocoding process, Souza and
Rosen (2009) found that TV speech was less intelligible than
NV speech for a low envelope cutoff frequency of 30 Hz, but
more intelligible for a high envelope cutoff of 300 Hz. In
addition, Rosen et al. (2015) reported recently that using
tone carriers with a denser spectrum improved the intelligi-
bility of TV speech considerably over typical tone vocoders,
equating and even surpassing the performance observed with
noise vocoders.

Studies on gender and speaker identification, in which
good performance depends heavily on cues such as fundamen-
tal frequency (F#0) and formant structure, have shown better
performance for TV speech than for NV speech. Using one-
and four-band noise vocoders, Fu et al. (2004) observed poor
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tone-vocoded speech

FIG. 1. Block diagrams of (a) tone-
vocoder and (b) noise-vocoder
processes.

noise-vocoded speech

voice gender discrimination (approximately chance level).
However, with a tone vocoder, they obtained better results
that were more consistent with those of real CI users. In
another study of gender and speaker identification in Spanish,
Gonzalez and Oliver (2005) found that the tone vocoder per-
formed substantially better than the noise vocoder across con-
ditions with different numbers of channels. Recently, Chen
and Lau (2014) evaluated the effect of vocoder carrier signal
type on the intelligibility of Mandarin Chinese, a tonal lan-
guage, and found an advantage of tone over noise carriers on
the intelligibility of vocoded Chinese speech.

Noise is prevalent in our daily lives and poses a great
challenge to human speech perception. Alleviation of back-
ground noise interference is the goal of many single-channel
noise-suppression algorithms, such as the spectral-subtraction
(Kamath and Loizou 2002), statistical-model-based (Ephraim
and Malah, 1985), and subspace (Hu and Loizou, 2003)
algorithms. However, noise suppression may cause undesir-
able distortion (e.g., “musical noise”) of speech, which is
detrimental to speech perception (Loizou, 2007). Certain
noise-suppression algorithms (e.g., statistically based Wiener
filtering) have been shown to improve speech quality per se
without improving speech intelligibility for NH listeners (Hu
and Loizou, 2007; Li et al., 2011).

Vocoded speech is synthesized with multiband envelope
information from the original speech signal. When the original
speech signal contains distortions due to noise-reduction proc-
essing, it is unclear how this distortion affects the intelligibility
of envelope-based vocoded speech. In Experiment 1, our aim
was to investigate whether the intelligibility advantage of tone
over noise vocoders persists when noise-suppression process-
ing is used. Comparisons between tone and noise vocoders
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have shown no inherent fluctuation in a tone carrier compared
to a noise carrier. The combination of envelope distortion
(caused by noise-suppression processing) and inherent fluctua-
tion in a noise carrier may have a negative influence on the
intelligibility of NV speech. Hence, we hypothesized that car-
rier signal type may affect the intelligibility of vocoded speech
in the context of noise-suppression processing. In other words,
we are supposing that the intelligibility advantage of tone over
noise vocoders may occur when the vocoding process involves
noise-suppression processing. In addition, the effect of noise
masking is commonly represented by two mechanisms: ener-
getic masking by steady-state noise, and informational mask-
ing by other speech characteristics, such as fluctuations, in
the noise (Carhart er al., 1967, Watson, 2005). Hence, in
Experiment 1, we also examined whether the interactional
effect of the vocoder type and noise-suppression processing
depends on the masker type.

Dynamic range plays an important role in speech per-
ception (e.g., Zeng et al., 2002). This fact provides a partial
explanation for why CI users have poor speech perception
(i.e., reduced hearing dynamic range of 5-10dB), especially
in adverse listening environments. Fitting the wide dynamic
range of speech signals into the narrow range of the residual
hearing of CI users requires dynamic range compression.
Several vocoder simulation studies have assessed the effect
of envelope dynamic range on speech intelligibility (Fu and
Shannon, 1999; Loizou et al., 2000; Chen et al., 2013; Lai
et al., 2015). Similarly, we are interested in clarifying
whether reducing the dynamic range has a negative effect on
envelope-based vocoded speech, and to what extent carrier
signal type affects the intelligibility of vocoded speech with
a dynamic range-compressed envelope. In Experiment 2, our
aim was to investigate whether the intelligibility advantage
of tone over noise vocoders persists in the context of enve-
lope dynamic range compression. Earlier work has shown
that the spectral sidebands contained in TV speech (due to
the multiplication of pure-tone carrier and envelope wave-
form) carries additional cue which is beneficial for speech
intelligibility (e.g., Whitmal et al., 2007; Stone et al., 2008).
In addition, the white-noise carrier has intrinsic envelope
fluctuations that are absent in pure-tone carrier. Multiplying
the white-noise carrier by the envelope waveform may have
an additional temporal influence on the envelope waveform,
which is detrimental to speech understanding (Stone et al.,
2011). Given the potential negative effect of dynamic range
compression and the intelligibility disadvantage of NV rela-
tive to TV speech, this work hypothesized that when enve-
lope dynamic range compression is included in the vocoding
process, the intelligibility of NV speech would drop at a
higher rate than that of TV speech. NV speech would be far
less intelligible than TV speech.

Il. EXPERIMENT 1: EFFECT OF NOISE SUPPRESSION
ON THE INTELLIGIBITY OF VOCODED SENTENCES

The purpose of Experiment 1 was to examine the effect
of noise suppression on the intelligibility of TV and NV
Mandarin sentences.
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A. Methods
1. Subjects

Eight (five males and three females) native-Mandarin-
Chinese listeners (1823 years old) participated in the experi-
ment. All participants were undergraduate students at Southern
University of Science and Technology and were paid for their
participation. All subjects had NH, as determined by having
measured pure-tone thresholds (250-8000 Hz) better or equal
to a 20 dB hearing level. The study protocol was approved
by the Human Research Ethics Committee for Non-Clinical
Faculties of Southern University of Science and Technology.

2. Materials

The speech material consisted of sentences taken from the
Mandarin Hearing in Noise Test (MHINT) database (Wong
et al., 2007), which includes 24 lists of ten sentences, with each
sentence containing ten key words. All of the sentences were
produced by a male speaker with an F0 range of 75-180 Hz.

Two types of masking were used to corrupt the senten-
ces: steady-state SSN and 2TB. For SSN masking, a finite
impulse response filter was designed based on the average
spectrum of the MHINT sentences, and a white noise was fil-
tered and scaled to the same long-term average spectrum and
level as the sentences. The 2TB masker contained two equal-
level interfering male talkers. A random noise segment of
the same length as the clean speech signal was cut out of the
noise recordings, appropriately scaled to reach the desired
input SNR level, and finally added to the speech signals at
—2 and 6 dB input SNR levels for the SSN and 2TB maskers,
respectively. The input SNR levels were chosen based on
known performance from a pilot study.

3. Signal processing

The noise-suppressed vocoded speech generation pro-
cesses are summarized in block diagrams in Fig. 1. Input
noise-corrupted speech signals were first processed by existing
single-channel noise-suppression algorithms, followed by the
tone- or noise-vocoding process. To process noise-corrupted
sentences, we used four representative noise-suppression algo-
rithms: the generalized Karhunen-Loeve transform (KLT)
approach (Hu and Loizou, 2003), the Log Minimum Mean
Square Error (logMMSE) algorithm (Ephraim and Malah,
1985), the multiband spectral subtraction (MB) algorithm
(Kamath and Loizou, 2002), and the Wiener algorithm based
on a priori SNR estimation (Scalart and Filho, 1996). These
four algorithms encompass the four most commonly used types
of single-channel noise-suppression methods, namely the sub-
space, statistical-modeling, spectral-subtraction, and Wiener-
filtering approaches, respectively (see review in Loizou, 2007).

For the KLT method, the noise-corrupted speech signal
is projected into orthogonal subspaces; KLT parts represent-
ing the signal subspace are modified by a gain function,
determined by the estimator; the remaining KLT parts repre-
senting the noise subspace are nulled; and the enhanced sig-
nal is obtained from the inverse KLT of the modified parts
(Hu and Loizou, 2003). The statistical-modeling approach
employs statistical models with optimization criteria (e.g.,
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minimum mean square error) to estimate the magnitude
spectrum of the speech signal (Ephraim and Malah, 1985).
The spectral-subtractive algorithm is implemented with an
estimate of the clean signal spectrum, generated by subtract-
ing an estimate of the noise spectrum from a noise-corrupted
speech spectrum (Kamath and Loizou, 2002). The Wiener
filter uses a priori SNR statistics to design a gain function
that suppresses low-SNR segments, while preserving high-
SNR ones. Detailed descriptions of the algorithms including
the exact parameters used in the current study can be found
in Hu and Loizou (2007) and Loizou (2007). The MATLAB
code used to implement the four noise-suppression algo-
rithms was obtained from Loizou (2007).

All noise-suppressed materials were further processed by
a tone or noise vocoder (Fig. 1). To implement the tone
vocoder, speech signals were first processed through a pre-
emphasis filter (first-order high-pass filter with 1200 Hz cut-
off frequency). Then, signals were bandpass-filtered into
eight frequency bands between 80 and 6000 Hz with sixth-
order Butterworth filters. The cutoff frequencies for the chan-
nel allocation of bandpass filters were (in Hz): 80, 221, 426,
724, 1158, 1790, 2710, 4050, and 6000. From each band, the
envelope was extracted by full-wave rectification and low-
pass filtering with a 200 Hz cutoff frequency by way of a
fourth-order Butterworth filter. Sine waves at the center fre-
quencies of the bandpass filters were generated with ampli-
tudes modulated by the extracted envelopes. All amplitude-
modulated sine waves from the resultant set of bands were
summed to generate a TV stimulus, whose amplitude was
adjusted to have the same root-mean-square (rms) energy as
the original speech signal. The rms energy scaling was per-
formed with respect to the noisy and noise-suppressed input
speech signals under the noisy and noise-suppressed condi-
tions, respectively. Noise-suppression processing causes an
rms energy difference between noisy and noise-suppressed
speech signals. The rms energy scaling was done with respect
to the energy of each original speech signal. Experimental
results may vary when rms energy is scaled with respect to
the same energy (of either the noisy or noise-suppressed
speech signal); this possibility warrants further investigation.

Implementation of the noise vocoder was similar to that
of the tone vocoder, except that a white noise instead of a
sine wave was used as the carrier signal, and amplitude-
modulated by the extracted envelope. Output from each
band was further band-limited with the same bandpass filter
at that band. All amplitude-modulated noises (with band-
limiting processing) were summed to generate the NV stimu-
lus, with its amplitude adjusted to have the same rms power
as the original signal. Again, rms energy scaling was per-
formed with respect to the noisy and noise-suppressed input
speech signals under the noisy and noise-suppression condi-
tions, respectively. The envelope dynamic compression
block (labeled ‘Com’ in Fig. 1) was deactivated (compres-
sion factor oo = 1; see Experiment 2) in the vocoding process.

4. Procedure

The experiment was performed in a sound booth, and
stimuli were played to listeners diotically through an HD 650
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circumaural headphone (Sennheiser, Wedemark, Germany)
set at a comfortable listening level. Before the actual testing
session, each subject participated in a 10 min training session
and was given four lists of ten MHINT sentences. The train-
ing session familiarized the subjects with the testing proce-
dure and conditions. During the training session, the subjects
were allowed to read transcriptions of the training sentences
while they were listening to the sentences. Four testing condi-
tions [=2 masker types (i.e., SSN at —2dB SNR and 2TB at
6dB SNR) x 2 vocoder types (i.e., TV and NV) x 1 signal
processing condition (i.e., noisy)] were used during training.
In the testing session, the order of the conditions was ran-
domized across subjects, and the subjects were asked to
repeat orally all of the words they heard. In addition, the lists
were randomized across listeners. The sentences used during
testing were not the same as any of the training sentences.
Each subject participated in a total of 20 conditions [=2
masker types (i.e., SSN at —2dB SNR and 2TB at 6dB
SNR) x 2 vocoder types (i.e., TV and NV) x 5 signal proc-
essing conditions (i.e., KLT, logMMSE, Wiener, MB, and
noisy)]. One list of ten Mandarin sentences was used per
tested condition, and none of the sentences were repeated
across conditions. Subjects were allowed to listen to each
stimulus a maximum of three times, and were asked to repeat
as many words as they could recognize. A simple custom
software interface was designed for the listening experiment,
which each participant used to control the auditory delivery
of the processed stimuli. During the testing session, a tester
accompanied the participant and scored his/her response in
the computer. A 5 min break was given every 30 min to avoid
listening fatigue. The intelligibility score for each condition
was computed as the ratio between the number of correctly
recognized words and the total number of words contained in
each MHINT list. The total testing time was one hour and ten
minutes (10 min training and 60 min testing).

5. Data analysis

The data were subjected to two-way repeated measures
analyses of variance (rmANOVAs) with recognition score as
the dependent variable and vocoder type and signal process-
ing condition as within-subject factors. Recognition scores
were first converted to rational arcsine units using the ratio-
nalized arcsine transform (Studebaker, 1985). A one-way
rmANOVA was conducted for each type of vocoder to fur-
ther analyze the effect of signal processing condition; the
analysis of variance (ANOVA) alpha level was Bonferroni
corrected, and only those tests with p-values lower than
0.0125 (=0.05/4) were considered significant. Paired -tests
were conducted in each signal processing condition to fur-
ther analyze vocoder-type effects.

B. Results

Mean recognition scores for all conditions in Experiment
1 are shown in Fig. 2, with data for the SSN and 2TB
maskers shown in Fig. 2(a) and 2(b), respectively. For the
results of the SSN masker at —2dB SNR condition [Fig.
2(a)], a two-way rmANOVA indicated significant effects of
vocoder type (Fy7;=34.13, p <0.005) and signal processing
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condition (F4,3=19.83, p <0.001), but no significant inter-
action between these two variables (F4,5 =0.397, p=0.81).
One-way rmANOVAs showed significant differences in
performance between Wiener-processed and noisy (i.e., no
noise suppression) vocoded speech for both vocoder types
(p <0.01), and paired ¢-tests revealed performance differ-
ences (p <0.05) between paired TV and NV speech under
all signal processing conditions.

For the results of the 2TB masker at 6 dB SNR condition
[Fig. 2(b)], a two-way rmANOVA indicated significant
effects of vocoder type (F;7=069.14, p <0.001) and signal
processing condition (Fy4, ,3=3.65, p <0.05), but not a sig-
nificant interaction (F4, 3 =0.40, p =0.81) between vocoder
type and signal processing condition. Again, a one-way
rmANOVA revealed no significant performance difference
(p >0.02) between noise-suppressed and noisy vocoded
speech. Paired t-tests revealed significant performance dif-
ferences (p < 0.05) between paired TV and NV speech under
all signal processing conditions.

lll. EXPERIMENT 2: EFFECT OF ENVELOPE DYNAMIC
RANGE COMPRESSION ON THE INTELLIGIBITY OF
VOCODED SENTENCES

The purpose of Experiment 2 was to examine the effect
of envelope dynamic range compression on the intelligibility
of TV and NV Mandarin sentences.

A. Methods
1. Subjects and materials

Seven (four males and three females, 19-20 years old)
new (i.e., did not participate in Experiment 1) NH native-

(b) 2-talker babble

FIG. 2. Sentence recognition scores

EIKLT .. - .

£ logMMSE for. all conqulons W}th and.wuhout
223 Wiener noise reduction algorithms with (a) a
=3 MB —2dB SNR SSN masker and (b) a

6dB SNR 2TB masker. The error bars
denote *1 standard error of the mean.
The asterisk denotes that the intelligi-
bility score is significantly (p <0.01)
larger than that in the noisy condition.

noisy

Vocoder type

Mandarin listeners participated in this experiment. All partici-
pants were undergraduate students at Southern University of
Science and Technology and were paid for their participation.

The speech materials were the same as in Experiment 1,
and the SSN masker was used to corrupt the MHINT senten-
ces at 3 and —3 dB input SNR levels.

2. Signal processing

We implemented a simple compression method (Chen
et al., 2013). Letting x and y denote input and output ampli-
tude envelopes, respectively, the output compressed ampli-
tude envelope y was computed as

y=ax (x—X)+x, (1)

where X is the mean of the input amplitude envelope x, and «
is the compression factor constant chosen for compressing
the output amplitude envelope dynamic range. Mean values
of the output and input amplitude envelopes were equal (i.e.,
y = X), regardless of the value of o. A small compression fac-
tor o denotes a large compression ratio and vice versa. When
o= 01n Eq. (1), the compressed amplitude envelope becomes
a direct current (dc) signal with a constant value of x (i.e.,
y = X), and the dynamic range is 0dB. When o= 1.0, the
output amplitude envelope maintains the original dynamic
range of the input (i.e., no envelope compression). Figure 3
shows the three compressed amplitude envelope waveforms,
with compression factor o =1.0, 0.5, and 0.2, respectively.
Note that the three compressed amplitude envelope wave-
forms have the same mean values (dashed lines in the three
panels in Fig. 3). We employed o values of 1, 0.5, and 0.2,

(@ (b) (c)
0.04 0.04 0.04
0.03 a=1.0 0.03 a=0.5 0.03 o=0.2
Q [ (]
o hel el
2 2 2
£ 0.02 £ 0.02 £ 0.02
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FIG. 3. Example waveforms of compressed amplitude envelope with compression factor o of values (a) 1.0, (b) 0.5, and (c¢) 0.2. The dashed line in each panel

denotes the mean value of the amplitude envelope waveform.
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which reduced the input envelope dynamic range by 0, 6, and
14 dB, respectively.

The compressed envelope was multiplied by the carrier
signal (i.e., tone or noise) to generate vocoded stimuli, as in
Experiment 1. The noise suppression (NS) block in Fig. 1
was deactivated in the vocoding process. The compression
strategy in Eq. (1) was motivated by preserving the loudness
of processed speech signals, while reducing the dynamic
range of envelope variation selectively (Chen et al., 2013).
The compression strategy in Eq. (1) is different from those
used in actual CIs, wherein a nonlinear function is used to
limit the speech envelope into the range restricted by the
threshold and most comfortable levels of a CI listener.

3. Procedure

The experimental procedure used in Experiment 2 was
essentially the same as that used in Experiment 1. Again, in
the training session in which subjects were familiarized with
the testing procedure and conditions, each subject was given
four lists of ten sentences (different from those used in the
testing session) and allowed to read transcriptions while listen-
ing to the sentences. However, in Experiment 2, each subject
was exposed to a total of 12 conditions [=2 input SNR levels
(i.e., 3 and —3dB) x 2 vocoder types (i.e., TV and NV) x 3
values of compression factor (i.e., «=1.0, 0.5, and 0.2)],
which were randomized across the subjects. As in Experiment
1, one list of ten sentences was presented per condition, and
none of the sentences were repeated across the conditions.
The total testing time was 50 min (10 min training and 40 min
testing).

4. Data analysis

The data were analyzed as in Experiment 1. The three
within-subject factors for the three-way rmANOVAs were
vocoder type, SNR level, and compression factor; paired
t-tests were conducted in each compression condition to fur-
ther analyze vocoder-type effects.

B. Results

The mean recognition scores of Mandarin sentences for
all conditions are shown in Fig. 4. A three-way rmANOVA
indicated significant effects of vocoder type (F| ¢=167.47,

* * * * * *
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e
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FIG. 4. Sentence recognition scores for all test conditions. The error bars
denote *1 standard error of the mean. The asterisk denotes that the intelligi-
bility score of TV speech is significantly (p < 0.005) larger than that of NV
speech.
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p <0.005), SNR level (F; ¢=230.66, p <0.005), and com-
pression factor (F, 1, =107.75, p <0.005), as well as a non-
significant interaction between vocoder type and SNR level
(Fy, 6=5.9, p=0.06), a non-significant interaction between
SNR level and compression factor (F5 1, =153.80, p=0.3),
a significant interaction between vocoder type and compres-
sion factor (F; ¢=6.69, p<0.05), and a non-significant
interaction among vocoder type, SNR level and compression
factor (F,, 12=3.08, p=0.09). Paired t-tests showed that
performance differed significantly (p <0.001) between TV
and NV speech under all test conditions with the same SNR
level and compression factor value.

The significant interaction between vocoder type and
compression factor appears to be due to the ceiling/flooring
effect on the intelligibility scores of TV/NV speech in Fig. 4.
To further analyze the interactional effect between vocoder
type and compression factor, Fig. 5 displays the scores of TV
and NV speech in near-linear range (as a function of com-
pression factor), and excludes the effect of ceiling/flooring on
data analysis. The SNR levels in Fig. 5 are —3 and 3 dB for
TV and NV speech, respectively. It is seen in Fig. 5 that
at uncompressed condition (i.e., CR = 1.0), the intelligibility
scores of TV and NV speech are similar. Envelope dynamic
range compression causes decreased intelligibility to both TV
and NV speech. However, it is noted that the intelligibility
score of NV speech drops at a higher rate than that of TV
speech does, indicating that the effect of compression is dif-
ferent between TV and NV speech.

IV. DISCUSSION AND CONCLUSIONS

Prior vocoder simulation studies have demonstrated a
perceptual contribution of the temporal envelope to speech
intelligibility (e.g., Shannon et al., 1995; Dorman et al.,
1997; Whitmal et al., 2007; Stone et al., 2008; Stone et al.,
2011; Chen and Loizou, 2011a). Several factors can be
manipulated to control the amount of information that is
included in the multiband envelope. In the present work, we
assessed how noise suppression and envelope dynamic range
compression affect the intelligibility of vocoded speech. We
also investigated the effect of carrier signal type on the intel-
ligibility of noise-suppressed and envelope dynamic range-
compressed vocoded speech.

1004
—-TV,-3dB

-0- NV, 3dB

Percent correct (%)

T T
0.25 0.50 0.75 1.00
Compression factor

FIG. 5. Sentence recognition scores for selected test conditions in Fig. 4.
The solid and dashed lines show the scores for TV speech at —3 dB and NV
speech at 3 dB, respectively. The error bars denote *1 standard error of the
mean.
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A. Intelligibility advantage of TV over NV speech

In Experiments 1 and 2, TV speech was found to be
more intelligible than NV speech under the same signal-
processing conditions, consistent with earlier studies reporting
a perceptual advantage of a tone vocoder over a noise vocoder
(e.g., Whitmal et al., 2007; Chen and Lau, 2014). We further
showed that this advantage persisted even under conditions of
envelope waveform distortion (i.e., noise suppression and nar-
rowing of the dynamic range). Taken together, these results
provide evidence for the notion that there is a perceptional
advantage of TV speech not only when processed by the raw
vocoder simulation model, but also when there is additional
signal processing, such as noise suppression and envelope
dynamic range compression.

Two mechanisms may account for the perceptual advan-
tage of TV speech. The first potential mechanism concerns the
spectral sidebands that are contained in TV speech when a pure
tone is multiplied by the envelope waveform (e.g., Whitmal
et al., 2007; Stone et al., 2008). The amplitude-modulated tone
carrier has two spectral sidebands, and these sidebands impose
a periodic temporal structure in voiced speech segments on the
tone-vocoder’s output, with the talker’s pitch being preserved
over most voiced segments (Whitmal et al., 2007). Hence, the
spectral sidebands contain an additional cue that is beneficial
for speech intelligibility, even when the noise-suppressed enve-
lope contains nonlinear distortions due to noise-suppression
processing. The second potential mechanism is related to the
difference in intrinsic temporal fluctuations between sine-wave
and white-noise carriers. White-noise carriers have intrinsic
envelope fluctuations that are absent in sine-wave carriers.
Hence, the white-noise carrier, when multiplied by the enve-
lope waveform, may have an additional temporal influence on
the envelope waveform and cause a detrimental effect on
speech understanding (Stone et al., 2011).

Another factor that might account for the intelligibility
difference observed between TV and NV speech might be the
tonal quality of Mandarin Chinese. Mandarin differs from
English in that a syllable’s tone (or F0 contour) is used to dif-
ferentiate meaning between otherwise similar lexical items
(Howie, 1976; Chen and Loizou, 2011b). Although the FO
contour is the primary cue for lexical tone identification, the
tonal envelope waveform also carries important information
for tone identification (Luo and Fu, 2004). In this study, the
FO of the target MHINT sentence ranged from 75 to 180 Hz,
and the envelope cutoff frequency was set to 200 Hz. Hence,
the envelope waveform and the spectral sidebands of tone-
vocoded speech may carry important tonal information.
However, noise-vocoded speech, due to its use of noise car-
riers, may influence or distort the envelope waveform.

B. Dependence of masker type on the intelligibility
of noise-suppressed vocoded speech

For noise-suppressed wideband speech signals, no
improvements in speech intelligibility have been observed
for NH listeners (Hu and Loizou, 2007; Li et al., 2011).
When the noise-suppressed wideband speech signal was
processed by a vocoder, we observed masker-dependent
intelligibility performance. With an SSN masker, a single-
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channel noise-suppression algorithm (i.e., Wiener filtering,
see Loizou and Kim, 2011) may improve the intelligibility of
vocoded speech, regardless of vocoder type. However, when
the masker is competing speech (i.e., 2TB), no intelligibility
improvement was observed with processing by existing
noise-suppression algorithms.

The exact mechanism underlying the presently observed
masker-dependent intelligibility performance in vocoded
speech is unclear. We hypothesize that noise-suppression
processing causes less envelope distortion of speech signals
with an SSN masker than with a 2TB masker. When the
noise-suppression algorithm was integrated into the vocoding
process, this difference in envelope distortion could have
accounted for the beneficial effect of noise suppression with
steady-state noise corruption and the lack of intelligibility
improvement by noise suppression with competing masker
corruption. When Chen et al. (2015) evaluated the perfor-
mance of noise-suppression (i.e., the same four single-channel
noise-suppression algorithms used in this work) for improving
speech recognition by Mandarin-speaking CI users, they tested
three types of maskers: SSN, babble, and car noise. They
found that although most noise-suppression algorithms could
improve Mandarin speech recognition in the presence of noise
(e.g., SSN), the algorithms performed differently across differ-
ent environmental noise conditions. They used an envelope-
distortion based objective intelligibility measure (i.e., the
normalized covariance measure) to predict CI speech recogni-
tion scores and found that an envelope-distortion based intelli-
gibility index could predict the intelligibility of noisy and
noise-suppressed speech by CI listeners modestly well (i.e.,
correlation coefficient 0.81). Similarly, when Baumgartel
et al. (2015) evaluated the performance of single-channel
noise reduction in the listening scenarios of stationary speech-
shaped noise and competing speech, they also found better
and worse performance in the stationary noise and competing
speech scenarios, respectively. They attributed this masker-
differentiated performance to the errors to estimate speech and
noise power based on the speech presence probability in
single-channel noise reduction processing. Baumgartel et al.
noted that in the stationary noise condition, speech and noise
power estimates (or the separation of a noisy signal into
speech and noise components) worked quite well, whereas in
the nonstationary noise (e.g., competing speech) condition,
estimation errors occurred and little performance improve-
ment was found. Future studies should investigate the degree
of envelope waveform distortion generated by processing with
existing single-channel noise-suppression algorithms. In addi-
tion, two different SNR levels were used for the SSN and 2TB
conditions in Experiment 1, i.e., a negative SNR of —2 dB for
SSN and a positive SNR of 6dB for 2TB. It remains to be
resolved how this SNR level difference interacts with masker
type in determining the intelligibility of noise-suppressed
vocoded speech.

C. Influence of envelope dynamic range compression
on the intelligibility of vocoded speech

In addition to demonstrating a perceptual advantage of
employing a tone carrier over employing a noise carrier in
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the vocoding process, the present work showed that these
two types of vocoded speech were associated with differing
responses to envelope dynamic range compression. Dynamic
range narrowing has been shown repeatedly to impede
speech intelligibility (Fu and Shannon, 1999; Loizou et al.,
2000; Chen et al., 2013). Fu and Shannon (1999) measured
phoneme recognition in CI users when the dynamic range of
the input speech signals was reduced by either peak clipping
or center clipping. The compression strategy in Eq. (1) in the
present study follows that in Chen et al. (2013), and is simi-
lar to that developed in Loizou et al. (2000). That is, both
compression strategies use a linear transformation to convert
the range of the input amplitude envelope to a smaller range
of the output amplitude envelope; however, the main differ-
ences lie in (1) how the minimum envelope amplitude of the
input signal is determined and (2) how the linear transforma-
tion is designed. In addition, the compression strategy in Eq.
(1) preserves the loudness of the processed speech signal.

The present work further showed that noise-vocoded
speech was more negatively affected by reducing the envelope
dynamic range. With the same compressed envelope wave-
form (e.g., compression factor of «=0.5 or 0.2 in Fig. 4),
noise-vocoded speech showed a much larger drop in intelligi-
bility than did tone-vocoded speech relative to the uncom-
pressed condition (i.e., compression factor of o= 1.0). For
instance, at 3dB SNR level, compared to the uncompressed
condition, a 6dB drop of envelope dynamic range reduced
intelligibility by 4.6 and 29.8%, and a 14dB drop reduced
intelligibility by 18.8 and 67.5% for TV and NV speech,
respectively (Fig. 5). This result indicates that narrowing the
envelope dynamic range has a more negative influence on NV
than on TV speech. This finding may not be fully attributed
to the confounding factor of saturation or flooring effect
when comparing the intelligibility of TV and NV speech (see
Fig. 4). Analysis in Fig. 5 excluded the effect of saturation/
flooring in intelligibility scores by choosing two different
SNR levels for TV and NT speech (i.e., —3 and 3 dB, respec-
tively). Again, it is observed in Fig. 5 that NV speech is more
susceptible to the influence of reduced envelope dynamic
range than TV speech, and its intelligibility score drops at a
higher range than TV speech does.

D. Implications of vocoder-based acoustic simulation
for studies with Cls

Vocoder simulations have been used for inferring
systematically effects of noise suppression and dynamic
range compression on speech intelligibility for the purpose
of implications in CI listeners (e.g., Lai et al., 2015).
Researchers have also developed speech-processing strate-
gies for tonal languages (e.g., Mandarin Chinese) and have
applied vocoder simulations for assessing their performance
(e.g., Luo and Fu, 2006; Lan et al., 2004). Establishing an
optimal vocoder for acoustic simulation in CI studies remains
an important issue. Although tone-vocoding yields an intelli-
gibility advantage over noise-vocoding, both simulation types
may reflect speech intelligibility performance trends with
respect to manipulations of acoustic cues. The present study
provides evidence of an intelligibility difference between NV
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and TV speech for NH listeners when an extra signal-
processing block is involved in the vocoding process.

The better intelligibility of TV sentences relative to NV
sentences may be due, at least in part, to the spectral side-
bands contained in TV speech and the absence of intrinsic
temporal fluctuations in sine wave carriers. Accordingly,
when the vocoding process is combined with another signal-
processing block, such as noise suppression or envelope
dynamic range compression, it is necessary to consider
potential interactions between the nature of the carrier signal
and distortion produced during signal processing and how
such interactions may impede the performance of the signal.
The lower intelligibility of the NV speech might be attribut-
able to envelope distortion caused by noise suppression and/
or increased envelope distortion when the noise-suppressed
envelope is multiplied by a noise carrier containing noise-like
amplitude fluctuation. Conversely, the higher intelligibility of
TV Mandarin speech may be due in part to a potential con-
tribution of the spectral sidebands in the tone-vocoding
process.

Although the tone and noise vocoders implemented in
this work mimic speech processing in a CI device, many
patient- and device-specific confounds were not addressed,
including electrode array insertion, spread of the electrical
field generated by the implant, etc., Williges et al. (2015)
used a modified vocoder to sample the envelope waveform
in each channel with either sequential or randomized pulse
train. Spatial spread of the electrical field was simulated by
multiplying each pulse with a two-sided exponential decay-
ing function; additionally, an auralization step was imple-
mented to mimic the transfer of signals in each channel to
their respective positions along the cochlea. This vocoder
implementation provides a realistic simulation of the techni-
cal and physiological steps of signal processing in CI listen-
ers. Future work should investigate the effect of modelling
such physiologically-inspired features on the results pre-
sented here.

E. Limitations of the present work

First, the present work was focused selectively on the
effects of noise-suppression and envelope dynamic range
compression on the intelligibility of vocoded sentences.
Many other factors that may affect the performance of these
two vocoder types were not considered, such as envelope cut-
off frequency, the number of channels, and filter width.
Notably, Rosen et al. (2015) showed that a noise vocoder
yielded a higher intelligibility than a tone vocoder for a small
number of channels (i.e., 2-5). Second, the contribution of
the selected cutoff frequency (200Hz in this study) for
extracting the envelope waveform needs to be further investi-
gated. With a 200Hz cutoff frequency, the original signal
(envelope, and a portion of full-wave rectified fine structure
waveform) is preserved through channel one (with cutoff fre-
quencies of 80 and 221 Hz) with the tone vocoder, but not
with the noise vocoder which adds noisy fluctuations. Third,
the tone vocoder modulates the carrier sinusoids in each fre-
quency channel, i.e., the narrow-band signals. The noise
vocoder, however, modulates white noise in each channel
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and then the amplitude-modulated white noises are bandpass-
filtered; or the noise vocoder modulates wideband signals.
Hence, it is possible that the aforementioned relative intelligi-
bility deficit of noise-vocoded speech simulations may be
due, perhaps in part, to the additional narrowband filtering of
the amplitude modulation that occurs at the end of the noise
vocoding process. Fourth, the present work used the envelope
dynamic range compression strategy developed by Chen
et al. (2013). It is possible that a different pattern of results
would be obtained with the use of alternative compression
strategies.

In conclusion, the present work assessed the effects of
noise suppression and envelope dynamic range compression
on the intelligibility of vocoded Mandarin sentences, and
compared the intelligibility of TV vs NV speech. The fol-
lowing conclusions can be drawn:

(1) Under all test conditions, TV Mandarin sentences
showed higher intelligibility scores than did NV senten-
ces. This perceptual advantage is consistent with earlier
findings. The present study extends this result to vocoded
speech that was processed through a noise-suppression
algorithm and through envelope dynamic range com-
pression. The perceptual advantage of TV Mandarin
speech might be attributable to the spectral sidebands
contained in TV speech and the influence of the ampli-
tude fluctuation of a noise carrier.

(2) The intelligibility benefit of noise suppression on both
TV and NV speech was dependent upon the masker type
employed. When corrupted by a steady-state noise,
existing single-channel noise-reduction algorithms (e.g.,
Wiener filtering) might cause intelligibility improve-
ment. However, when corrupted by a competing masker
(e.g., 2TB), most existing noise-suppression algorithms
did not yield intelligibility improvement.

(3) While the envelope dynamic range was narrowed, both
TV and NV speech showed reduced intelligibility perfor-
mance. However, NV speech was more negatively influ-
enced by envelope dynamic range compression, yielding
a substantial intelligibility gap between TV and NV
speech.

(4) When additional signal processing is involved in vocoder
simulations, interpreting the functional contribution of
this processing should be done cautiously. The nature of
the carrier signal in the vocoding process and the enve-
lope distortion caused during signal processing may
jointly affect the intelligibility of vocoded speech.
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