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Recent studies have shown that transient parts of a speech signal contribute most to speech intelligi-

bility in normal-hearing listeners. In this study, the influence of enhancing the onsets of the envelope

of the speech signal on speech intelligibility in noisy conditions using an eight channel cochlear

implant vocoder simulation was investigated. The enhanced envelope (EE) strategy emphasizes the

onsets of the speech envelope by deriving an additional peak signal at the onsets in each frequency

band. A sentence recognition task in stationary speech shaped noise showed a significant speech

reception threshold (SRT) improvement of 2.5 dB for the EE in comparison to the reference continu-

ous interleaved sampling strategy and of 1.7 dB when an ideal Wiener filter was used for the onset

extraction on the noisy signal. In a competitive talker condition, a significant SRT improvement of

2.6 dB was measured. A benefit was obtained in all experiments with the peak signal derived from

the clean speech. Although the EE strategy is not effective in many real-life situations, the results

suggest that there is potential for speech intelligibility improvement when an enhancement of the

onsets of the speech envelope is included in the signal processing of auditory prostheses.
VC 2012 Acoustical Society of America. [http://dx.doi.org/10.1121/1.4748965]
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I. INTRODUCTION

The objectives of speech enhancement algorithms are to

improve aspects of intelligibility or quality of noisy speech

signals. One approach for speech enhancement is to reduce

as much noise as possible from the noisy speech signal by

applying noise reduction algorithms based on spectral sub-

traction (Boll, 1979), statistical modeling (Hendriks and

Martin, 2007), and Wiener-filtering (Chen et al., 2006) while

introducing a minimum of speech distortion. A comparison

between eight noise reduction algorithms (spectral subtrac-

tive, subspace, statistical-model based and Wiener-type algo-

rithms) in terms of speech quality (Hu and Loizou, 2007a)

and speech intelligibility (Hu and Loizou, 2007b) showed

that there was no correlation between speech intelligibility

scores and speech quality. Speech and noise distortions

introduced by the processing of the noisy mixture affect the

speech quality. All tested algorithms were not able to signifi-

cantly improve speech intelligibility across four different

noise conditions (babble, car, street, and train noise) and just

six maintained speech intelligibility. It was reported that

across all conditions the Wiener-type algorithm performed

best. Another study by Luts et al. (2010) evaluated the per-

formance of noise reduction algorithm in babble noise and

obtained no speech reception threshold (SRT) improvement

for all single channel noise reduction algorithms and a sig-

nificant SRT improvement of 6 dB for a spatially prepro-

cessed speech-distortion-weighted multi-channel Wiener

filtering. In both studies, the algorithms that performed best

in terms of speech quality were not the best in terms of

speech intelligibility. A literature overview on noise reduc-

tion techniques may be found in Vary and Martin (2006) or

Benesty et al. (2005).

Another approach to improve the intelligibility of a

speech signal in adverse listening conditions is based on an

intentional distortion of the signal. Motivated by the fact that

the concept of the modulation transfer function in room acous-

tics introduced by Schroeder (1981) correlates highly with

speech intelligibility (Houtgast and Steeneken, 1985) the role

of compression and expansion of the temporal envelope on

speech intelligibility was investigated. The relation between

speech intelligibility and the modulation transfer function in

adverse listening conditions is expressed by the speech trans-

mission index. The modulation depth at all frequencies of tar-

get speech signal decreases in adverse listening conditions.

Langhans and Strube (1982) studied the effect of increasing

the modulation depth of corrupted speech by nonlinear multi-

band envelope filtering. They found that speech intelligibility

increases in noisy environments when compression was per-

formed on low modulation frequencies and expansion was

done at higher modulation frequencies above 2–16 Hz.

While amplitude compression was shown to have detri-

mental effects on speech intelligibility for normal-hearing

(NH) and hearing-impaired (HI) listeners (Plomp, 1988; Fu

and Shannon, 1999; van Buuren et al., 1999), moderate enve-

lope expansion was found to be beneficial especially in

adverse listening conditions (Clarkson and Bahgat, 1991; Fu

and Shannon, 1999). Fu and Shannon (1999) reported a small

decrease in speech intelligibility in quiet for the expansion of

the envelope by a power law function. However, in noisy con-

ditions performance increased. The envelope expansion led to

perceivable speech distortion (van Buuren et al., 1999). There-

fore, there is an upper limit of envelope expansion that can be

applied.
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Manipulating the whole envelope by compression or

expansion did not lead to the desired increases in speech

intelligibility. Therefore, the development of envelope

enhancement algorithms continued and the focus shifted to

specific parts of the speech signal that were emphasized.

There is a broad discussion about which parts of the speech

signal contribute most to speech intelligibility and therefore

on which parts of the speech envelope the enhancement

strategies should focus.

A typical classification of a speech signal into its compo-

nents differentiates between vowels and consonants. In a

number of studies (Kewley-Port et al., 2007; Lee and

Kewley-Port, 2009; Fogerty and Kewley-Port, 2009), the con-

tribution of vowels and consonants to speech intelligibility

was investigated. They reported that the speech intelligibility

was two times higher for sentences where the vowels were

unprocessed and the consonants were replaced with stationary

speech shaped noise (SSN) over sentences with replaced vow-

els and unprocessed consonants. This suggested that in NH

listeners, the vowels contribute more to speech intelligibility

than consonants. A larger benefit for the vowel-only sentences

was even obtained in a study with elderly hearing-impaired

listeners (Kewley-Port et al., 2007). In contrast to the findings

in these studies, Owren and Cardillo (2006) found that the

consonants contribute more to word meaning identification

than vowels when replacing the other word part not by SSN

but by gaps of silence. They chose the silence replacement

because the SSN replacement can lead to a phonetic restora-

tion of the consonant structure which would lead to more top-

down processes, especially with contextually rich sentences.

They did not study the effect on sentence level.

The classification into vowels and consonants without

taking transitions between stationary and non-stationary

parts into account seem to be too broad and general. Espe-

cially, because it was shown that all sensorineural systems

(i.e., vision, taste, touch, smell, and audition) are by nature

very sensitive to changes of the input signal. Kluender et al.
(2003) investigated the importance of changing cues in coar-

ticulated speech. They found that the auditory system has its

highest sensitivity to changes in the spectral and temporal

characteristics of the speech signal. Lewicki (2010) reported

that the transient parts of the speech signal contribute most

to speech intelligibility. This is underlined by a study of Stilp

and Kluender (2010), where they developed an instrumental

measure called cochlea-scaled entropy that measures the pre-

dictability of consecutive time frames. They showed that

reducing speech parts with high cochlea-scaled entropy

causes a decrease in speech intelligibility. High entropy parts

occur at transients, onsets, and offsets. They are character-

ized by rapid changes in the spectral and temporal character-

istics. Chen and Loizou (2012) investigated how well speech

intelligibility can be predicted if sentences are segmented

based on different measures: cochlea-scaled entropy, nor-

malized root mean square amplitude, and a sonorant/obstru-

ent segmentation. They used the speech transmission index

based normalized covariance measure for the prediction

which is a good measure for speech intelligibility in HI

listeners (Goldsworthy and Greenberg, 2004). The prediction

with the normalized covariance measure was best when

mid-level root mean squares segments were evaluated. The

latter outperformed the prediction with the high entropy

parts of the cochlea-scaled entropy segmentation. They con-

clude that this is based on the fact that the mid-level root

mean squares segments consist of consonant-vowel (CV)

and vowel-consonant (VC) transitions. High cochlea-scaled

entropy occurs also in formant transitions within vowels but

do not contribute much to speech intelligibility. They also

conclude that a problem of the cochlea-scaled entropy mea-

sure is that the time constant of 80 ms is too large to react on

rapid changes of the input envelope and that stationary parts

of the vowel leak into high entropy parts.

Some studies with NH listeners investigated the impor-

tance of transient cues on speech intelligibility. The influ-

ence of the transitions between consecutive phonemes on

speech intelligibility was demonstrated in a study of

Strange et al. (1983). They showed that consonant-vowel-

consonant (CVC) syllables of which the stationary part of

the vowel was removed, but still contained the CV and the

VC transitions, was as intelligible as the complete CVC

syllable.

The contribution of consonant landmarks in acoustic-

electric hearing was investigated in a study by Chen and Loi-

zou (2010). They obtained a 30% improvement in speech

recognition, when the listener had access to the clean obstru-

ent consonants up to 600 Hz. The rest of the signal was cor-

rupted at �5 and 0 dB signal-to-noise ratio (SNR) in

two-talker and steady-state noise. The part of the signal in

the frequency range above 600 Hz was vocoded. In a second

experiment, the obstruent consonants were left corrupted but

they were attenuated. Therefore, the listeners had access to

the boundaries of the phonemes that occur at the onsets and

offsets of the signal. They reported an increase of 14% in the

speech intelligibility score in the second experiment.

Most of the enhancement strategies following the latter

approach for NH listeners are therefore focused on the

onsets and transients in speech. It is even more crucial to

focus on these speech parts because the dynamic changes

can easily be affected in adverse listening conditions. A

number of studies (Hazan and Simpson, 1998; Lorenzi

et al., 1999; Apoux et al., 2004; Skowronski and Harris,

2006; Yoo et al., 2007; Rasetshwane et al., 2009) investi-

gated the effect of increasing the CV ratio or amplifying the

transient parts of the target speech signal with NH listeners.

Amplifying the transient parts lead to an improvement in

speech intelligibility in various noisy conditions. Kennedy

et al. (1998) reported that increasing the CV intensity ratio

had a significant effect on the consonant recognition scores

in CV words. The maximum performance was achieved

when the amplification factor was adjusted for each subject

individually.

All the applied algorithms depend on a manual extrac-

tion of the peak or a complex algorithm that at present would

not allow a real-time implementation. Furthermore, most of

them were developed under the assumption that the clean

speech signal is available and the signal is also enhanced

before it is mixed with the noise background.

Only few algorithms have been proposed that focus on

the transient parts of the signal for cochlear implants (CIs).
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Vandali (2001) developed the transient emphasis spectral

maxima (TESM) strategy that amplifies transient parts of the

signal with a gain factor derived from a comparison of the

averaged energy in three consecutive time windows in each

processing channel. In several studies with CI listeners (Van-

dali, 2001; Bhattacharya et al., 2011), it was shown that

small but significant improvements in speech intelligibility

were obtained with the TESM strategy in quiet for consonant

recognition and in multitalker babble noise at 5 dB SNR

(Vandali, 2001) or in combination with a spectral expansion

stage (Bhattacharya et al., 2011). In contrast, Holden et al.
(2005) found no increase in speech intelligibility with this

strategy.

Another strategy that was particularly focused on the

onset of the speech envelope is the enhanced envelope contin-

uous interleaved sampling (EECIS) strategy (Geurts et al.,
1999). The EECIS strategy was developed based on the idea

of mimicking the short-term temporal adaptation characteris-

tics of the auditory nerve synapse that is bypassed by CI elec-

trical stimulation. The rapid adaptation effect of the auditory

nerve synapse results in a higher discharge probability of

neuro-transmitter at onsets of the signal (Delgutte and Kiang,

1984). In each frequency band, the algorithm detects and

amplifies onsets in each frequency band. While the TESM

strategy derives a gain factor that is not constant during the

amplification of a transient and reaches its maximum value at

the peak of the transient, the EECIS strategy provides an

almost constant gain factor at the detected onset of the speech

envelope. The EECIS strategy is focused on the onsets of the

speech envelope in each frequency band whereas the TESM

strategy also enhances transients that occur within one fre-

quency band without a speech pause in between. It was shown

in CI listeners that the place of articulation consonant feature

was better transmitted in quiet and a small but significant

improvement in speech intelligibility was obtained in a

vowel-consonant-vowel identification task. The algorithm

was neither tested in noise nor on the sentence level.

Speech enhancement algorithms are mostly developed

for NH and hearing-impaired listeners. The feasibility study

of the algorithms for application in CI recipients is often car-

ried out in a first stage using vocoder simulations as a model

of CI processing and evaluated with NH listeners.

The focus of this study is to investigate if enhanced

onset cues provided by the proposed enhanced envelope

(EE) strategy can improve speech intelligibility with noise

vocoded speech in different interfering background sounds.

The EE strategy is based on the EECIS strategy and ampli-

fies the onsets of the speech envelope in each frequency

band leading to a sharp onset without affecting other parts of

the speech signal. In contrast, none of the mentioned studies

in NH listeners were focused on the effect of amplified

onsets but more on enhanced transient sounds. Also the

TESM strategy for CIs provides the highest gain to the maxi-

mum amplitude of the transient while the EE strategy ampli-

fies the onsets in the speech envelope. The EE strategy

fulfills the constraint that the complexity of the algorithm is

low and a real-time implementation would be possible.

The enhancement of onset cues in noise vocoded speech

was investigated with three different sentence recognition

tasks. The EE strategy was investigated in comparison to the

reference continuous interleaved sampling (CIS) strategy in

stationary SSN and in a competing talker condition. The

noisy maskers were chosen to investigate the effect on a sta-

tionary and a highly non-stationary masker. The competing

talker situation was included because CI users suffer from a

decrease in speech intelligibility performance in fluctuating

noisy maskers (Nelson et al., 2003) and it is one of the most

challenging situations for single channel speech enhance-

ment strategies (Bronkhorst, 2000). The influence of the en-

velope enhancement under ideal peak extraction conditions

in SSN is investigated in the first experiment. The perform-

ance of the approach in a real-time application is assessed in

the second experiment with the introduction of a front-end

Wiener filter processing step to extract the onsets from the

noisy input signal. The influence of enhanced onsets on

speech intelligibility in the two talker condition is investi-

gated in the third experiment.

We hypothesized that the access to onset cues is crucial

in adverse listening conditions. Onset cues play an impor-

tant role in source segregation in auditory scene analysis.

Common onsets and offsets across frequency can be used to

separate different sound sources (Bregman, 1990) because

it is very unlikely that the target signal and the interfering

background are modulated coherently. Due to these charac-

teristics, computational auditory scene analysis approaches

with grouping based on onsets and offsets were developed

(Hu and Wang, 2007). Emphasizing the common onsets

could lead to a better segregation of the target signal and

the interfering background. Shamma et al. (2011) demon-

strated that stream formation is primarily based on tempo-

rally coherent features of the target signal. Moreover,

pointing the attention to one feature can help to segregate

better the target from the interfering background. Onset

cues are likely to be affected in noisy listening conditions.

Therefore, it is clear that the enhancement of these cues

may help to segregate the target sound from the interferer.

Especially for noise vocoded speech, less cues are available

for segregation because temporal fine structure information

is missing (Shannon et al., 1995).

II. METHODS

The impact of enhancement of onsets in the speech en-

velope on speech perception in noisy environments was

investigated in NH listeners using vocoder simulations as a

model for CI speech processing. Four different listening

tasks were used to evaluate the signal processing: three sen-

tence recognition tasks, two in stationary SSN and one with

an interfering talker, and a loudness rating (LR) task. The

LR task was conducted to evaluate the influence of the signal

processing on the loudness perception to control for possible

loudness effects.

A. Subjects

Three groups of ten NH listeners participated in the dif-

ferent listening tasks. The first group participated in the first

sentence recognition task in stationary SSN and in the LR

task. Another group participated in the second sentence
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recognition task in stationary SSN with the envelope

enhancement applied to the noisy mixture. The third group

of ten participants conducted a sentence recognition task in a

competing talker condition.

All 30 subjects were native speakers of Dutch/Flemish.

They all had hearing thresholds below 20 dB hearing level

on the octave frequencies between 125 Hz to 8 kHz. The

subjects participated voluntarily in the experiments and

signed an informed consent form. None of the subject were

acquainted with the used speech material before conducting

the listening tasks.

B. Signal processing

The EE strategy is developed based on the EECIS strat-

egy that was originally developed for CI (Geurts et al.,
1999). In this study, the EE strategy was evaluated in com-

parison to the reference CIS strategy using vocoder simula-

tions as a model for simulation of CI signal processing.

Both speech processing strategies consist of the follow-

ing stages: bandpass filtering, envelope extraction and

vocoding. The enhancement of the onsets of the speech en-

velope is done in the envelope extraction stage. The standard

envelope ECISðk; kÞ, where k represents the discrete frame

index and k the channel index, of the CIS strategy has no

additional envelope enhancement step in the envelope

extraction step.

The input signal is sampled with a rate of 16 kHz and

split into frames with a length of 128 samples and a frame

advance of 16 samples. The bandpass filtering is performed

by a weighted sum of the power of frequency bins that are

obtained by calculating the fast Fourier transform of the sam-

ple window. The analysis window is a cosine window. After

calculating the power in each frequency bin, the frequency

bins are summed with a weighting factor to map the fre-

quency bins to eight channels. The cutoff frequencies for the

eight channels are 187.5, 437.5, 687.5, 1062.5, 1562.5,

2312.5, 3437.5, 5187.5, and 7937.5 Hz, which corresponds to

bandwidths of 250, 250, 375, 500, 750, 1125, 1750, and

2750 Hz. All signal parts under 187.5 Hz are not considered in

the processing. All settings are the default settings that are

used in the CI devices of Cochlear, Ltd. for the CIS strategy.

The number of channels was chosen to be representative of

the CIS strategy and of the advanced combination encoder

(ACE) strategy in CI. The ACE strategy performs a n-of-m
maxima selection, where n is the number of selected channels

and m is the total amount of available channels. It was shown

before by Friesen et al. (2001) that asymptotic speech intelli-

gibility performance for most CI users is reached when the

number of effective channels is 8. Therefore, often eight chan-

nels are also selected in the maxima selection for CI users.

The EE strategy enhances the onsets of the speech enve-

lope in each channel. The envelope enhanced signal is the

sum of the standard envelope of the bandpass filtered signal

and a peak signal that is extracted at each sudden increase in

energy in the envelope by a comparison between the stand-

ard envelope and a so called “slow” envelope.

The algorithm to extract the additional peak signal is

shown in Fig. 1. Due to the fact that the input signal to the

peak extraction stage differs in the experiments, a general

description of the derivation of the additional peak signal is

given and the input envelope is called Eðk; kÞ. The slow en-

velope Eslowðk; kÞ is obtained by filtering Eðk; kÞ using a

fourth order Butterworth low-pass filter with a cutoff fre-

quency of 20 Hz represented by the block named LP in Fig.

1. Due to the low cutoff frequency, no F0 modulation is pres-

ent in the slow envelope. Additionally, it has a bigger time

delay in reacting to sudden increases of Eðk; kÞ. The slow en-

velope is amplified by a factor of Aslow ¼ 8 to ensure that the

level of Eslowðk; kÞ at quasi-stationary parts of the signal is

higher than of Eðk; kÞ. At sudden increases in energy, Eðk; kÞ
lies above the slow envelope Eslowðk; kÞ and this part is

extracted as the peak signal by subtracting the slow envelope

Eslowðk; kÞ from Eðk; kÞ followed by a half-wave rectification

(HW in Fig. 1). The half-wave rectification is required,

because the subtraction results in negative values of the peak

signal at speech parts at temporarily stationary levels. An

amplification factor of Aslow ¼ 8 is used to ensure that just

the onsets are detected. The value was chosen that there is

no leakage of the stationary part in the extracted peak enve-

lope for the Leuven Intelligibility Sentence Test (LIST) sen-

tences. The factor was also tested for the VU (Versfeld

et al., 2000) and the BKB (Bench et al., 1979) sentences and

no leakage occurred with this value of Aslow ¼ 8. Therefore,

the peak signal has just values different from zero at the

onsets of the envelope in the respective channel. The peak

signal is amplified by a factor of Apeak ¼ 6 to obtain the final

peak signal Epeakðk; kÞ. The derivation of the peak signal in

the k-th channel can be finally written as

Epeakðk; kÞ ¼ Apeakmax
�

Eðk; kÞ � AslowEslowðk; kÞ; 0
�
:

(1)

The enhanced envelope EEEðk; kÞ of the EE strategy is

obtained by adding the peak signal Epeakðk; kÞ to the standard

CIS envelope ECISðk; kÞ

EEEðk; kÞ ¼ ECISðk; kÞ þ Epeakðk; kÞ: (2)

The effect of the envelope enhancement is only present at sud-

den increases in the power of the envelope in each channel.

FIG. 1. Derivation of the peak signal Epeak at onsets of an envelope E in one

frequency band by a comparison between an amplified low-pass filtered en-

velope Eslow and the input envelope. The block LP represents a 4th order

Butterworth low-pass filter with a cutoff frequency of 20 Hz. The amplifica-

tion factor Aslow is used to amplify Eslow to an extent that the envelope has

higher amplitudes than E for the quasi stationary part of the signal. The half-

wave rectification of the peak signal after the comparison of the two enve-

lopes is represented by the block HW. The resulting envelope is amplified

by the factor Apeak to obtain the final peak signal Epeak.

2572 J. Acoust. Soc. Am., Vol. 132, No. 4, October 2012 R. Koning and J. Wouters: Onset enhancement in auditory prostheses

A
u

th
o

r'
s 

co
m

p
lim

en
ta

ry
 c

o
p

y



The value of the amplification of the peak signal was chosen

as maximal without the occurrence of clipping for all senten-

ces of the LIST material (van Wieringen and Wouters, 2008).

In the original EECIS version (Geurts et al., 1999), the

peak signal was extracted after an envelope compression

step. Extracting the peak after the compression had the dis-

advantage that the algorithm was not sensitive to the low

energy parts of the speech signal and therefore they were

lost in the compression stage and not considered in the peak

extraction step. In the new version of the algorithm, the peak

signal is extracted from the uncompressed envelope. This

has the advantage that the weak parts at the onsets of the sig-

nal are detected and therefore amplified more appropriately.

In the synthesis stage, the envelope of the CIS strategy

and the modified envelopes of the EE strategy were used to

modulate a broadband noise carrier (Shannon et al., 1995).

The modulated noise was filtered by the same filter bank that

was used in the analysis stage. All noise vocoded channels are

then added to obtain the final stimulus of the speech signal.

Due to the fact that the input signal to the peak signal

extraction stage was different in the three different speech

recognition tasks, the signal processing for the different

enhanced conditions is briefly introduced here.

In experiment I, the potential impact of the enhance-

ment algorithm was evaluated when speech and noise com-

ponents were independently processed. Therefore, the input

envelope of the peak extraction stage was the clean speech

signal that was enhanced with the extracted peak signal and

afterwards mixed at the desired SNR with the separately

vocoded SSN. For the reference CIS condition, the mixing

was also done with the separately vocoded speech and noise

components.

In Fig. 2, the clean speech signal (above) and the

vocoded output of the EE strategy are shown for the Dutch

sentence “Morgen gaan we naar de stad (Tomorrow we are

going to the city).” Note that just the onsets are amplified by

the EE algorithm and the stationary part of the signal is not

affected in comparison to the CIS strategy. This enhanced

signal is then mixed afterwards with the vocoded noise sig-

nal at the desired SNR in experiment I.

Analysis of the long-term spectrum of the speech signal

showed that the differences in energy between the envelope

enhanced speech and the CIS processed speech were primar-

ily temporal. The long-term spectrum differed less than

0.3 dB per channel of the eight channel vocoder for the

whole LIST speech material corpus.

The enhancement algorithm with emphasis on a possible

real-time application was evaluated in experiment II. In this

speech recognition task in stationary SSN, the peak signal

was extracted from the noisy mixture of the speech and noise

components of the signal with a Wiener filter algorithm in

the front-end at the stage of the fast Fourier transform (FFT).

The Wiener filter gain function Gðk; nÞ is obtained as the

minimum mean square error estimate of the complex spec-

tral amplitude. The solution can be written as

Gðk; nÞ ¼ jSðk; nÞj2

jSðk; nÞj2 þ jNðk; nÞj2
¼ nðk; nÞ

1þ nðk; nÞ ; (3)

where S is the complex speech spectrum of the speech compo-

nents and N of the noise components of the noisy speech sig-

nal Y. The instantaneous SNR is written as nðk; nÞ with the

frame index k and the frequency bin index n. The Wiener fil-

ter is an SNR dependent gain between zero and one that is

applied in each time-frequency point. This gain is then

applied to the noisy mixture Yðk; nÞ ¼ Sðk; nÞ þ Nðk; nÞ to

obtain the noise reduced signal. A detailed derivation of the

Wiener gain can be found in Vary and Martin (2006). The en-

velope of the noise reduced signal was afterwards obtained by

a weighted sum of the power of the frequency bins like for

the CIS strategy. This envelope was used as the input enve-

lope E for the peak signal extraction algorithm shown in Fig.

1. The peak signal was finally added to the envelope of the

noisy signal. Therefore, the processing is more similar to the

processing that could be implemented in CIs. The non-

linearities that occur during the enhancement stage and the

vocoding were also included, because the mixing of the noise

and speech component was done before the vocoding of the

signal.

Two different conditions that differed in the a priori
knowledge about the signal and its components were eval-

uated with respect to the noisy mixture processed with the

CIS strategy. In the condition that we refer to as EEIWF, a
priori knowledge of the noise and the speech components

was used to calculate the instantaneous SNR in Eq. (3). The

Wiener filter gain with a perfect estimate of the instantane-

ous SNR represents the ideal case in the front-end process-

ing. In the second Wiener filter condition EEWF, no a priori
information was used to calculate the Wiener filter gain

function. The latter represents a condition feasible in real-

time implementation. To calculate the instantaneous SNR

[Eq. (3)] the noise power estimation approach by Hendriks

et al. (2008) was used.

FIG. 2. Clean speech signal (above) and vocoded output (below) for both

speech processing strategies CIS and EE of the Dutch sentence “Morgen

gaan we naar de stad (Tomorrow we are going to the city).”
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In both conditions, after the channel representation of

the noise reduced signal was obtained, it was used as the

input envelope E in the peak extraction stage. The extracted

peak signal was afterwards added to the noisy mixture. In

comparison to the peak extraction in experiment I, the am-

plitude of the extracted peak signal was smaller due to the

Wiener filter gain that weighted the noisy mixture with

respect to the short term SNR. The mean peak value was

82% at 4 dB SNR and 73% at �4 dB SNR for the condition

with the ideal Wiener filter in the front-end of the peak

extraction stage as compared with the peak signal extracted

from the clean speech.

The use of stationary SSN in speech for noise recogni-

tion tasks is not fully representative of a wider range of lis-

tening conditions. Therefore, the two talker condition was

investigated in experiment III to generalize the outcomes to

a broader range of masking stimuli and realistic listening sit-

uations. A female speaker was used as the target speaker,

referred to as T, and the interfering speaker, referred to as I,

was a male speaker. Three different enhanced conditions

were evaluated with respect to the reference CIS processing

in the two talker condition that differ in the input envelope

to the peak extraction stage. In the first enhanced condition

EE(T) þ EE(I), the envelopes of the clean target speaker

and the envelopes of the male interfering speaker were used

separately as the input envelopes of the peak extraction

stage. Therefore, amplified onsets were added for both

speakers to the noisy envelope. The second condition EE(T

þ I) was obtained when using the noisy mixture as the input

envelopes of the onset extraction stage. This condition repre-

sents the case that could be implemented without additional

front-end algorithm and applied in noise environments. In

the third enhanced condition EE(T) þ I, only the onsets of

the target speaker were enhanced. Hence, the input enve-

lopes to the peak extraction stage were the envelopes of the

target speaker. For consistency, the reference CIS condition

where no additional enhancement is done is written as T þ I.

C. Test materials and procedures

The sentences for the recognition tasks and the LR

experiment were taken from the LIST (van Wieringen and

Wouters, 2008). The female LIST sentences material con-

sists of 35 lists of 10 Dutch/Flemish sentences spoken by a

female speaker. Each sentence contains four to eight words

and each lists consists of 32 or 33 keywords that were

counted in the calculation of percent-correct scores. Each list

is balanced to the phonetic distribution of conversational

speech. The stationary SSN that was used in two of the three

speech recognition experiments was obtained by taking the

long-term averaged spectrum of all female LIST sentences.

The male speaker sentence corpus of the LIST sentences

was used as the interfering speaker in the speech in speech

recognition task. The male LIST sentences consist of 39 lists

of 10 Dutch/Flemish sentences. Twenty of these 39 lists are

unique in comparison to the female LIST sentences. The lists

that contained sentences that were also included in the

female LIST sentences were not used as the interfering

speaker. Therefore, just speech materials that the subject was

not acquainted with were used as the target and the interfer-

ing speaker.

In all experiments, the speech level was fixed at 65 dB

sound pressure level (SPL) and the noise level was adapted

to get the desired SNR. The subject had to repeat the sen-

tence of the female target speaker.

The sentences were presented to the subjects at 5 SNRs

from 4 to �4 dB with 2 dB steps in the stationary SSN in

experiment I. Each subject listened to 230 sentences (¼ 30

training sentences þ 10 sentences/condition� 5 SNR con-

ditions� 2 speech processing strategies� test- and retest

session). One list of ten sentences was used per strategy and

per SNR. The 30 training sentences were presented at 4 dB

SNR. Keyword percent scores were collected.

In experiment II, the sentences were presented to the

subjects at the same SNR levels as in experiment I. Due to

the fact that three different algorithms were tested, the total

number of sentences increased to 330.

For the speech recognition experiment in the two talker

situation, an adaptive procedure with a step size of 2 dB

was used to determine the SRT where 50% of the keywords

were understood correctly. Two sentences of the male

speaker were randomly chosen from the speech material

and concatenated with a break of 250 ms. The female

speaker started randomly during the first sentence of the

male speaker after 0.5 s up to 1.5 s and ended in the second

running sentence of the male speaker. The SRT was calcu-

lated as the average of the SNRs of the last four responses.

Each condition was presented four times across one session.

With the training before the beginning of the task, each sub-

ject listened in total to 350 processed sentences across the

two sessions.

For all experiments, a short training session with the

lists that were not used in the test sessions was given to the

subjects to get familiar with the noise vocoded stimuli and

the respective task. During the training sessions, the

answers were scored but they were excluded from the anal-

ysis of the results.

In the LR experiment, the first list of the LIST sentences

was used in quiet. In each trial, the enhanced and the refer-

ence condition were presented to the subject. In total the sub-

ject listened to 20 sentences per trial. Each subject

conducted the LR experiment three times on the same day of

the retest of experiment I with breaks in between. The sub-

ject had to rate the loudness of the randomly selected stimu-

lus on a scale from 0 (labeled with “SOFT”) to 100 (labeled

with “LOUD”). A loudness score of 50 was labeled with

“OK.” The subjects could replay unlimitedly the sentences

before the input of the loudness score. All ten participating

subjects performed the LR after the sentence recognition

experiment. Hence, the same list could be used for all sub-

jects without influencing the results.

In all experiments, all different conditions were ran-

domly presented in each trial to avoid possible order effects

and they were all performed double blind.

All test materials had a sample rate of 16 kHz and were

digitized with a resolution of 16 bit. They were presented to

the subject by using the software platform APEX 3 (Francart

et al., 2008). A RME Multiface II DSP sound card was used
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to present the stimuli through a Sennheiser HDA 200 head-

phone. All tests took place in a double walled sound booth.

III. RESULTS

All percentage correct scores of the sentence recognition

tasks were transformed to”rationalized” arcsine units as

described in Studebaker (1985) for the statistical analysis

with a repeated measures (RM) analysis of variance

(ANOVA). For all experiments, a Bonferroni correction was

used to correct the significance level of p ¼ 0:05.

A. Experiment I

Group mean scores for the sentence recognition test in

SSN with the ideal onset extraction and the mixing after the

envelope enhancement are shown in Figs. 3 and 4. The per-

cent correct scores for the CIS and EE strategies as a func-

tion of the SNR are shown in Fig. 3. The error bars depict

the standard error of the mean.

A three-way RM-ANOVA was conducted with the fac-

tors strategy, SNR and session. Overall group mean scores

for the EE strategy were significantly higher than those for

the CIS strategy by 19% [F(1,9)¼ 143.6; p< 0.001]. An

overall significant effect of SNR was also observed

[F(4,36)¼ 262.1; p< 0.001]. The interaction between the

factors strategy and SNR was significant [F(4,36)¼ 9.6;

p< 0.001]. No significant effect of session or interaction

between strategy and session were observed.

Post hoc analysis of the data at different SNRs showed

that significant effects between the EE and the CIS strategy

were obtained at signal-to-ratios of �4, �2, 0, and 2 dB

which corresponded to a difference of 29.0% (p< 0.001),

30.8% (p< 0.001), 17.2% (p< 0.05), and 19.0% (p< 0.05),

respectively.

Psychometric functions fitted to the data points are

shown in Fig. 4. The variance of the SRT across the subjects

is depicted by box plots. A cumulative Gaussian function

was fitted to the percent correct scores at the five different

SNRs and the SRT was determined for each strategy by use

of the PSIGNIFIT MATLAB toolbox (Wichmann and Hill, 2001a,

2001b). A two-way RM-ANOVA with the factors strategy

and session showed a significant effect of the strategy

[F(2,8)¼ 26.9; p< 0.001] and no significant effect of the

session. The SRT values for the CIS and EE strategies were

�0.3 and �2.8 dB, respectively. Analysis of the pooled data

showed that the SRT improvement of 2.5 dB by the EE strat-

egy compared to the CIS strategy was significant

[F(1,19)¼ 48.9; p< 0.001]. The analysis of the slope of the

psychometric functions at the SRT showed a main effect of

the strategy [F(1,19)¼ 9.2; p< 0.05]. The slope for the ref-

erence CIS strategy was 14.7.

B. Experiment II

The results of experiment II are shown in Figs. 5 and 6.

The keyword percent correct scores for the three different

conditions are shown as a function of the SNR in Fig. 5 with

error bars depicting the standard error of the mean.

A three-way RM-ANOVA was conducted with the fac-

tors strategy, SNR and session. Significant effects were

obtained for the factors strategy [F(2,18)¼ 42.2; p< 0.001]

and SNR [F(4,36)¼ 352.7; p< 0.001]. The sessions were

not significantly different. No other significant interaction

FIG. 3. Keyword understanding (percent correct) in experiment I for the

strategies CIS and EE as a function of the SNR in dB. Error bars indicate

the standard error of the mean.

FIG. 4. Psychometric function fitted with a cumulative Gaussian function

from the percent correct scores of experiment I as a function of the SNR in

dB. The solid line represents the psychometric function obtained with the

CIS and the dashed-dotted line with the EE strategy, respectively. Data

points are marked with a diamond (CIS) and a star (EE). Box plots indicate

the variance of the SRT from the psychometric functions of each subject.

FIG. 5. Keyword understanding (percent correct) in experiment II for the

strategies CIS, EEIWF and EEWF as a function of the SNR in dB. Error bars

indicate the standard error of the mean.
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effects were obtained in experiment II. Therefore, the data

was pooled for the subsequent analysis.

Post hoc analysis revealed that the difference between

the CIS and the EEIWF condition was overall significant

(p< 0.001) which corresponded to an overall increase of

11.4% in keyword recognition. Also the increase of 9.6% in

keyword recognition between the EEIWF and the EEWF con-

dition was statistically significant (p< 0.001). The increase

in speech intelligibility score of the EEIWF with respect to

the reference condition of 12.4% at 2 dB SNR, 12.2% at

0 dB SNR, 17.3% at �2 dB SNR, and 14% at �4 dB SNR

was statistically significant. A comparison between the

EEIWF and the EEWF condition revealed that the two condi-

tions differed significantly at SNRs of 0, �2, and �4 dB

which corresponded to an increase in speech intelligibility of

12.1%, 15.2%, and 10.6%, respectively. There were no sig-

nificant differences between the CIS and the EEWF.

In Fig. 6 the psychometric function derived from the

percent correct scores of experiment II are plotted as a func-

tion of the SNR. The psychometric functions and the corre-

sponding slope and SRTs were derived with the same

procedure as in experiment I. Therefore, the boxplots repre-

sent the distribution of the SRT determined for each subject.

For comparison purposes, the solid grey line represents the

psychometric function obtained in experiment I for the EE

condition. A two-way RM-ANOVA with the factors strategy

and session showed a significant effect of the factor strategy

[F(2,18)¼ 33.6; p< 0.001]. Like for the percentage correct

scores, also no effect of the factor session was obtained. The

SRT for the reference CIS condition was �0.7 dB SNR for

the EEIWF condition �2.4 dB SNR and for the EEWF condi-

tion �0.9 dB SNR. The SRT improvements of 1.7 and

1.5 dB SNR of the EEIWF with the CIS condition and the

EEWF condition were significant (p< 0.001). There was no

significant difference obtained for the slope of the respective

psychometric functions in a two-way RM-ANOVA. The

slope was 12.7.

C. Experiment III

The pooled SRT values of both sessions obtained in

experiment III for the four different conditions CIS, EE(T)

þ EE(I), EE(T þ I), and EE(T) þ I are shown in Fig. 7.

Analysis of the obtained SRT levels with a three-way

RM-ANOVA with the factors session, strategy and trial

revealed a significant effect of the factor strategy

[F(3,27)¼ 33.6; p< 0.001] but neither an effect of the fac-

tor session nor trial. The mean SRT values for the four dif-

ferent conditions was 1.8 dB for the T þ I, 1.7 dB for the

EE(T) þ EE(I), 1.9 dB for the EE(T þ I) and �0.8 dB for

the EE(T) þ I condition. Post hoc analysis of the data

revealed that the SRT improvement of 2.6 dB of the EE(T)

þ I in comparison with the T þ I reference was significant

(p< 0.05). Also the SRT improvements of 2.5 and 2.7 dB

in comparison with the enhanced EE(T) þ EE(I) and

EE(T þ I) condition, respectively, were significant

(p< 0.001). There was no other significant difference in the

SRT obtained in the pairwise comparisons of the other

conditions.

D. Experiment IV: Loudness rating

The mean loudness score for the EE strategy was 53.2

and 52.9 for the reference CIS strategy on the scale of 0–

100. The standard deviation was 8.2 for both strategies. A

three-way RM-ANOVA was performed on the obtained data

of the LR with the factors strategy, sentence and trial. No

statistically significant effects of the strategy, sentence and

trial were found. The data were averaged over the trials and

the sentences for the subsequent analysis. The difference of

the overall mean loudness score was only 0.3 and was not

statistically significant.

IV. DISCUSSION

The envelope enhancement strategy EE was evaluated

relative to the reference CIS speech processing strategy with

eight channel noise vocoded speech in SSN and in a compet-

itive talker situation. In total, three different sentence recog-

nition tasks were performed to investigate the influence of

the enhancement of the onsets in the speech envelope on

FIG. 6. Psychometric function fitted with a cumulative Gaussian function

from the percent correct scores of experiment II as a function of the SNR in

dB. The solid line represents the psychometric function obtained with the

CIS, the dashed line with the EEIWF and the dashed-dotted line with the

EEWF strategy, respectively. Data points are marked with a diamond (CIS),

cross (EEIWF) and a star (EEWF). The psychometric function for the EE con-

dition obtained in experiment I is plotted as the solid grey line. Boxplots

indicate the variance of the SRT.

FIG. 7. Boxplots of the SRT obtained by an adaptive procedure of the test

session for the four different conditions T þ I (left), EE(T) þ EE(I) (middle

left), EE(T þ I) (middle right), and EE(T) þ I (right). The notches represent

the confidence interval of the respective SRT value.
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speech intelligibility and its applicability in real listening

conditions.

Overall, the potential of increasing speech intelligibility

by selectively enhancing the onset cues of the speech enve-

lope provided by the EE strategy in comparison to the CIS

strategy was shown in both noisy listening conditions. In

general, the results demonstrate the importance of transient

cues to speech intelligibility in CI vocoder simulations in

both extreme cases of noisy or interfering background

sounds such as stationary SSN and an interfering talker. The

LR experiment analysis showed that there was no loudness

difference in the perception of the CIS and the EE strategy.

The amplified short-duration cues at the onsets of the speech

envelope did not have an effect on overall loudness. There-

fore, the improved speech perception was based on the enve-

lope enhancement at the onsets in the speech envelope in

each frequency band of the eight channel vocoder, because

the onsets are the only cues affected by the processing while

the stationary part remains the same for both strategies. This

result is also underlined by the comparison of the long-term

spectrum of the two strategies that did not differ much in the

amplitude in each channel.

The significant improvement of the SRT of the envelope

enhancement algorithms in experiments I, II, and III indi-

cates that it was caused by the improved contrast between

the speech and the noisy or interfering sounds, because the

information of the boundaries of the phonemes is enhanced

by amplifying the onsets of the speech envelope. We suggest

that the enhanced representation of the onsets led to a segre-

gation of the target speaker and the interfering background.

Especially, when the onsets were emphasized in more than

one frequency band simultaneously. This could have driven

the attention of the listener to the target source (Shamma

et al., 2011). Although the rationale of the development of

the EECIS strategy (Geurts et al., 1999) was to include the

bypassed rapid adaptation effect of the auditory nerve fibers

in the signal processing of a CI, this approach led to an

increased perception of the contrasts between the target and

the interfering background in CI simulations with NH listen-

ers with intact adaptation effect.

Results of the sentence recognition task in SSN are diffi-

cult to relate to other studies because to our knowledge no

other study exists that investigated the effect of the enhance-

ment of the onsets of a speech signal in vocoder simulations.

The SRT obtained for the CIS strategy was about 2 dB lower

than in the study by Dorman et al. (1998) for both mixing

conditions that were vocoding the speech signal and the

noise signal independently and adding them at the desired

SNR afterwards or vocoding the noisy mixture. The differ-

ence in the SRT can be explained by the different speech

material used in the respective experiments. The LIST sen-

tences, developed for tests with severely hearing impaired

listeners, have a lower speech rate in comparison to the

H.I.N.T. sentences used in the study of Dorman et al. (1998)

which might have affected the SRT obtained in both tasks.

van Wieringen and Wouters (2008) determined the SRT

of the sentence speech tests used in this study for NH listen-

ers and CI recipients. The SRT of the CI recipients was for

the LIST sentences in a range of þ0.5 dB for the best

performers to þ15 dB for the worst performers for the

speech in noise test. In the second sentence recognition task

in SSN, an SRT of �0.3 dB was obtained which overlaps

well with the SRT of the best CI performers. Vocoder simu-

lations for NH have been shown to be a good model and pre-

dictor to simulate parameter variations like the number of

channels or intelligibility in noise when the processing is

done similar to the processing in a CI (Dorman et al., 1998;

Friesen et al., 2001). Even the SRT of the first sentence rec-

ognition task where the stationary SSN and the speech signal

were vocoded independently from each other led to a SRT

that was similar to the SRT of the best CI subjects with the

same sentence material.

Chen and Loizou (2011) showed that the intelligibility

of vocoded speech can be very well predicted when using

coherence-based and speech transmission index based meas-

ures. To determine if the positive effect of the enhanced

onsets of the envelope can also be predicted by an instru-

mental measure we tried to correlate the data of experiment I

with the speech transmission based normalized covariance

measure (Goldsworthy and Greenberg, 2004). The normal-

ized covariance measure is, according to the speech trans-

mission index, calculated as a weighted sum of transmission

index values. In contrast to the speech transmission index,

these values are based on the covariance between the refer-

ence signal and the processed output signal. For a detailed

description the reader is referred to Goldsworthy and Green-

berg (2004). The clean speech signal was used as the refer-

ence signal and the normalized covariance measure was

determined for octave frequencies from 125 Hz to 8 kHz.

While the measure shows a high correlation with the mean

values for the reference CIS condition (r¼ 0.98; p< 0.05)

and for the EE condition (r¼ 0.99; p< 0.05) it fails to pre-

dict that the EE scores are higher than the reference condi-

tion. The desired distortion of the envelope that led to the

increased intelligibility is related to a lower value for the

normalized covariance measure. The increase of speech

intelligibility with speech intelligibility is not predicted with

this objective performance measure for the type of envelope

enhancement processing used in this study. The results show

that the transmission index based measures are unable to pre-

dict speech intelligibility when nonlinear operations are

involved in the processing (van Buuren et al., 1999; Gold-

sworthy and Greenberg, 2004). Therefore, the other experi-

ments are not evaluated with the normalized covariance

measure.

To show the general feasibility of applying the envelope

enhancement strategy on the noisy signal and actually

extract the peak signal from the noisy signal, the second sen-

tence recognition task in SSN was performed. The process-

ing that was done in experiment II can similarly be

implemented in CI processors.

In experiment II, the additional peak signal had a lower

amplitude than in experiment I due to the SNR dependent

weighting of the Wiener filter step [Eq. (3)]. Therefore, it is

possible to compare the obtained percent correct scores of

the two experiments with respect to the influence of the max-

imum gain on speech intelligibility. It is remarkable that the

percent correct scores obtained with the EE strategy in
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experiment I and with the EEIWF strategy are almost the

same. The scores were slightly smaller at an SNR of �4 dB

for the EEIWF in comparison to the EE strategy in experi-

ment I. This is most probably caused by the different amount

of amplification that was provided at the onsets of the speech

signal because if the mixing would be the cause of the differ-

ence in the scores it would most probably have also affected

the scores at the other SNRs. In each channel of the vocoder

the resulting peak signal has a smaller maximum peak value

with the continuously weighting of the Wiener filter than in

the case where the peak signal is extracted from the clean

speech signal. The amplification factor Apeak remained the

same in experiments I and II. With the same factor for Apeak

in experiment II, the resulting total amount of amplification

and its maximum value is smaller for the EEIWF case. There-

fore, the results suggest that the benefit is dependent on the

maximum value of the amplification. Nevertheless, even the

smaller amplification of the onsets of the speech envelope

than in experiment I resulted in a speech intelligibility

improvement. The fact that the improvement is largest for

the maximum amplification suggests that the value should be

chosen as high as possible or mapped to loud current levels

in the CI application of the algorithm.

The results of the EEWF strategy showed that there was

no benefit of the envelope enhancement when a real noise

power estimator is used for the Wiener filter front-end peak

extraction at the SNRs that were tested in this study. As

mentioned before, the speech material used in this study was

developed for people with severe hearing loss. With speech

material that is comparable to continuous discourse, the SRT

of CI users is considerably higher (Hu and Loizou, 2010;

van Wieringen and Wouters, 2008). However, our results

showed no detrimental effects of the onset enhancement ei-

ther, because no decrease in speech intelligibility at the dif-

ferent SNRs was observed. The resulting processed signal is

robust to misdetections and providing a non-ideal amplifica-

tion did not lead to a decrease in speech intelligibility.

To quantify the difference in the amount of amplifica-

tion of the added onset peaks between experiment I and for

both Wiener filter conditions in experiment II, a comparison

of the onset peak amplitude between the EEIWF and the

EEWF case is shown in Fig. 8 across all 35 processed lists of

the LIST sentences. The peak amplitude was calculated by

determining the maximum value of each peak in the addi-

tional peak signal in each frequency band. The averaged am-

plitude over all onset peaks is normalized to the amplitude

that is provided by the EE algorithm when the enhancement

of the onset cues is processed based on the clean speech sig-

nal. The normalized amplitude is shown for the SNR range

that was tested in this study up to 15 dB. The maximum vari-

ation across the different normalized peak amplitudes for the

LIST sentences considered along the simulated SNRs is

about 2 % and 4 % for the EEIWF and EEWF processing,

respectively. It is shown that the normalized amplitude did

not differ much across all lists of the speech material at the

SNRs used in this study for both envelope enhancement

strategies. The amplification by EEIWF is close to the value

obtained for the enhancement of the clean speech signal and

still about 70% at an SNR of �4 dB. In contrast, for EEWF

the cumulative amplitude is much smaller. At SNRs below

10 dB, the performance of the Wiener filter on the mixed sig-

nal decreases and more onsets are missed due to a drop in

performance of the noise power estimator. Especially at high

SNRs where the detection of the onsets is fairly reliable for

EEWF, a higher gain factor Apeak could be chosen to provide

the same amount of amplification as in the EE for the clean

speech signal or the EEIWF case, respectively. A simulation

of the peak extraction revealed that at an SNR of around

3 dB there are still 75% of the peaks detected with a false

alarm rate of 16%. Therefore providing a higher gain factor

Apeak should be able to provide the same amount of amplifi-

cation at least in the region above 3 dB without adding too

much distortion due to a wrong peak detection to the mixed

signal. The operating SNR range in the two experiments in

stationary SSN was from 4 to �4 dB where the EEWF leads

to an amplification lower than 0.4 with respect to the amplifi-

cation in experiment I which is partly caused by a failure in

the detection and also by providing a lower amplitude to the

correct detected onsets. This analysis suggests that the

amplification that was chosen too small for the EEWF proc-

essing and the factor Apeak should be increased.

Figure 9 shows the correlation between the mean scores

obtained at the tested SNRs values and the normalized am-

plitude of the peak signal for the EEIWF and the EEWF signal

processing. To investigate the relationship between the peak

amplitude and the percent correct scores, a multiple regres-

sion analysis was performed for both strategies with the fac-

tors amplitude and SNR. Individual data points for all

subjects in both sessions are marked with a circle and a

cross for the EEIWF and the EEWF strategy, respectively.

The removal of outliers that differed more than two standard

deviations from the obtained regression, resulted in 97 and

92 data points for the EEIWF and the EEWF processing,

respectively. The correlation between the normalized ampli-

tude and the keyword percent correct scores was in both

processing cases statistically significant. Using the multiple

regression, the fitted model for the EEIWF processing was

significant [F(2,95)¼ 140.9; p< 0.001; adjusted R2¼ 0.75]

with the significant standardized coefficient of bSNR

¼ 0:94 ðp < 0:001Þ. The factor amplitude was not signifi-

cant. For the EEWF processing, also a significant model

FIG. 8. Amplitude of the onset peaks of all lists of the LIST sentences for

the signal processing strategies EEIWF (solid line) and EEWF (dash-dotted

line) normalized to the onset peaks of the EE processing for the clean speech

signal (as in experiment I) as a function of the SNR.

2578 J. Acoust. Soc. Am., Vol. 132, No. 4, October 2012 R. Koning and J. Wouters: Onset enhancement in auditory prostheses

A
u

th
o

r'
s 

co
m

p
lim

en
ta

ry
 c

o
p

y



emerged [F(2,90)¼ 207; p< 0.001; adjusted R2¼ 0.82].

The predictor factors SNR [bSNR ¼ 0:68 ðp < 0:001Þ] and

amplitude [bamp ¼ 0:24 ðp < 0:05Þ] were significant. The

fitted linear regression lines are shown as well in Fig. 9 with

the solid line representing the EEIWF and the dash-dotted

line the EEWF signal processing. This result suggests that

the value of the amplification of the onset peaks is the driver

for the higher speech intelligibility performance. As men-

tioned before, providing a combination of a better peak

extraction and a higher overall gain factor Apeak may result

in an increased performance as observed for EE in experi-

ment I or for EEIWF.

The results of the comparison show that in the target

SRT\SNR range for CI recipients it is possible to detect the

onsets and process the envelope enhancement on the noisy

signal. Taking the results of the EEWF scores into account,

no detrimental effects have to be expected when missing

some of the onsets or amplifying wrong parts of the noisy

signal. This suggests that there is a margin for errors in the

peak extraction. Note however that the algorithm is not opti-

mized for combination with a noise reduction algorithm in

the front-end. The onsets in the envelope could, for example,

be derived from an estimate of the speech power or the in-

stantaneous SNR. The comparison between the input enve-

lope and the amplified slow envelope in Fig. 1 is sensitive to

a residual noise floor.

Stationary SSN is not always representative of the back-

ground sounds in real adverse listening environments and

represents one of the extreme cases of noisy maskers.

Another challenging situation where especially HI listeners

and CI users have grave difficulties is when another talker is

interfering with the target speaker. The result shown in Fig.

7 of the sentence recognition task with an interfering speaker

demonstrated a significant SRT improvement for the condi-

tion when just the target speaker is enhanced [EE(T) þ I].

This task showed that the enhanced onset cues of the target

speaker signal can also increase speech intelligibility in lis-

tening conditions with non-stationary noise maskers.

It is interesting to point out that for both other enhance-

ment conditions no decrease in speech intelligibility was

apparent in comparison to the standard CIS strategy. This

suggests that an SRT improvement can only be obtained by

amplifying reliably the onset cues of the target speaker.

Comparing the results of the EE(T) þ I with the results of

the EE(T þ I) and EE(T) þ EE(I) conditions, there is a nega-

tive effect of also enhancing onsets of the interfering speaker

signal. But the SRT is not higher in any enhanced condition

than in the reference CIS condition.

In both target-interfering sound scenarios, we suggest

using a noise reduction algorithm in the front-end for the

extraction of the onsets of the target signal. It is possible to

apply the noise reduction step to the noisy speech signal and

additionally amplifying the onsets of the resulting noise

reduced signal in the envelope extraction stage. It is not clear

if the enhancement of the onsets would lead to an additional

benefit in terms of speech intelligibility in comparison to the

noise reduced signal. This should be investigated further. A

major advantage of our approach to use the noise reduction

algorithm in the front-end just for the peak signal extraction

is that no artifacts like speech distortions or musical noise

that occur with state-of-the-art noise reduction algorithms

are introduced. All speech information is present in the sig-

nal presented to the subject. Therefore, the detrimental

effects of estimation errors possibly leading to reduced

speech intelligibility are avoided. The results suggest that

adding the extracted signal to the noisy envelope even with

misdetections does not decrease speech intelligibility in

comparison to the reference CIS strategy. But the primary

aim of the study was to investigate the effect of enhanced

onset cues on speech intelligibility in different interfering

background sounds. The use of a front-end noise reduction

step to extract the onsets of the target signal from the noisy

speech signal (experiment II) supports the real-time applic-

ability of the approach at least for SSN noise.

Learning effects play often a role in studies with NH lis-

teners and CI simulations (Fu and Shannon, 1999; Davis

et al., 2005). Therefore, all the tests were conducted in a

test-retest design with several days between the two sessions.

In all three experiments, no statistically significant session

effect was obtained. The ideal enhanced conditions provided

an immediate significant improvement without the need of

training and feedback.

It is not clear if the full potential of the onset enhance-

ment strategy is achieved because the CV increase applied

here is the same for all subjects. Kennedy et al. (1998)

showed that the increase must be individually adjusted for

each HI listeners to obtain the optimal performance in a con-

sonant recognition task. Individualized amplification factors

could have led to better scores. But this effect should have

been relatively small here, because only NH subjects partici-

pated in our experiments. In the study of Kennedy et al.
(1998), it was not reported if the increase was also manually

adjusted for NH listeners to reach the optimal performance

level. Furthermore, Hazan and Simpson (1998) showed that

treating all different phonemes in the same way is not the

best option to achieve maximum speech intelligibility.

Hence, including an amplification that is optimized for the

FIG. 9. Correlation between the keyword percent correct scores and the nor-

malized amplitude for the EEIWF (solid line) and the EEWF (dash-dotted

line) case. The circles mark the data points obtained with the EEIWF strategy

while the crosses represent the data points obtained with the EEWF strategy

for all subjects in both sessions.
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different phonemes of speech could improve speech intelli-

gibility even more. Overall, our results suggest that a higher

amplification leads to more benefits in terms of speech

intelligibility.

It is difficult to compare the results obtained in the study

with other studies that were done with CI users. While the

TESM strategy showed a significant improvement of 11.3%

at an SNR of 5 dB in multitalker babble noise (Vandali,

2001), the same strategy did not differ significantly in a sen-

tence recognition task in Holden et al. (2005) when the tar-

get signal level was presented at 65 dB SPL. Bhattacharya

et al. (2011) even observed a decrease in speech intelligibil-

ity in quiet for the strategy and obtained a significant

improvement when adding an additional spectral extension

stage to the processing. The TESM strategy is more focused

on the transient part and not the onset of the speech enve-

lope. Therefore, it is hard to compare the results obtained in

our sentence recognition task with the results obtained with

the TESM strategy in CI users.

The proposed EE algorithm is based on the EECIS that

was developed by Geurts et al. (1999) for CI. The EECIS

algorithm was only tested in quiet with CI recipients and on

the word level with CVC words and stop consonants. Small

non significant differences between the enhancement algo-

rithm and the reference strategy were obtained. Taking the

results of this study into account, these results were most

probably not significantly different due to ceiling effects that

could also explain the results in this study at high SNRs. The

EE and the EECIS strategy both have the advantage that

they introduce no additional time delay in the processing

chain of the CI. Stone and Moore (2005) have shown that a

processing delay up to 20 ms is tolerable in all CI users to

avoid a disturbing asynchrony between lip-reading and

sound perception. This time can be used for additional proc-

essing like a noise reduction system. The total additional

time delay to the time required for the reference CIS proc-

essing is, e.g., determined by the delay of the estimator to

calculate the weighting function of the Wiener filter in

experiment II.

V. CONCLUSION

In summary, this study demonstrated the importance of

onset cues for speech intelligibility in noisy listening condi-

tions. The effects of the onset enhancement strategy EE in

SSN and in the competitive talker condition was investigated

with noise vocoded speech. A significant improvement in

speech intelligibility was obtained for the conditions when

the peak extraction was done under the assumption of a pri-
ori knowledge of the clean speech signal. It is possible to

implement the EE algorithm in real-time and apply it to the

noisy speech signal in stationary SSN. The proposed signal

processing approach may be similarly applicable to hearing

aids and CIs. The algorithm is not effective in real-life situa-

tions at low SNR, even with state-of-the-art single channel

noise reduction strategies in the front-end of the processing.

However, the findings suggest that speech enhancement

strategies for HI and CI listeners could lead to a significant

benefit when the onsets of the speech envelope of the target

are enhanced. The effect on speech intelligibility in adverse

listening conditions by applying the processing in hearing

aids and CIs should be investigated further.
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