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Cochlear implant (CI) recipients’ ability to identify words is reduced in noisy or reverberant environ-

ments. The speech identification task for CI users becomes even more challenging in conditions

where both reverberation and noise co-exist as they mask the spectro-temporal cues of speech in a

rather complementary fashion. Ideal channel selection (ICS) was found to result in significantly more

intelligible speech when applied to the noisy, reverberant, as well as noisy reverberant speech. In this

study, a blind single-channel ratio masking strategy is presented to simultaneously suppress the nega-

tive effects of reverberation and noise on speech identification performance for CI users. In this strat-

egy, noise power spectrum is estimated from the non-speech segments of the utterance while

reverberation spectral variance is computed as a delayed and scaled version of the reverberant speech

spectrum. Based on the estimated noise and reverberation power spectra, a weight between 0 and 1 is

assigned to each time-frequency unit to form the final mask. Listening experiments conducted with

CI users in two reverberant conditions (T60¼ 0.6 and 0.8 s) at a signal-to-noise ratio of 15 dB indicate

substantial improvements in speech intelligibility in both reverberant-alone and noisy reverberant

conditions considered. VC 2013 Acoustical Society of America. [http://dx.doi.org/10.1121/1.4823839]

PACS number(s): 43.66.Ts, 43.71.Ky, 43.71.Gv [JFC] Pages: 3759–3765

I. INTRODUCTION

Reverberation, which results from multiple reflections of

sounds from objects and surfaces in an acoustic enclosure,

causes two types of spectro-temporal smearing effects on

speech: (i) self-masking (caused by early reflections) which

is the internal smearing of energy within each phoneme and

(ii) overlap-masking (caused by late reflections) which is due

to the temporal smearing of high energy phonemes that mask

their succeeding sounds. Reverberation not only degrades

speech intelligibility for cochlear implant (CI) and hearing

impaired listeners significantly (Hazrati et al., 2013; Hazrati

and Loizou, 2013; Nabelek and Letowski, 1985), but also

poses a detrimental effect on the performance of automatic

speech recognition (Palom€aki et al., 2004), and speaker iden-

tification systems (Sadjadi and Hansen, 2012). Unlike rever-

beration, noise is additive and affects speech in a different

and complimentary fashion. Noise masks the weak conso-

nants to a greater degree than the higher intensity vowels, but

unlike reverberation this masking does not depend on the

energy of the preceding segments (Nabelek et al., 1989).

Hence, the combined effects of reverberation and noise

adversely affect speech intelligibility more than either rever-

beration or noise alone effect (e.g., Nabelek and Mason,

1981). Useful speech-information extraction becomes chal-

lenging for CI users due to envelope modulation reductions

caused by reverberation. Moreover, CI users rely on a lim-

ited number of channels of information which makes speech

recognition in noise a formidable task (e.g., Friesen et al.,
2001). Degraded temporal envelope information and poor

spectral resolution will result in inferior levels of speech

understanding by CI users in environments where noise and

reverberation co-exist (Hazrati and Loizou, 2012a).

Binary masks have been widely used for different

speech enhancement as well as sound-separation applica-

tions resulting in gains in intelligibility and quality of the

processed noisy/reverberant speech (Wang, 2005; Kim et al.,
2009; Kokkinakis et al., 2011). The ideal reverberant mask

(IRM) (Kokkinakis et al., 2011) was proposed as an ideal bi-

nary masking strategy based on the signal-to-reverberant ra-

tio (SRR) of the individual frequency channels which

suppressed reverberation and improved the intelligibility of

the reverberant speech significantly. The IRM strategy

retained channels with SRR values larger than a fixed thresh-

old while eliminating other channels.

In noisy environments, the channel selection criterion is

based on the signal-to-noise ratio (SNR) of individual

channels, and the ideal mask selects target-dominated

(SNR> 0 dB) channels while discarding masker-dominated

(SNR< 0 dB) channels. Large improvements in intelligibility

were reported with the SNR channel-selection criterion in

ideal conditions where it was assumed that we had access to

the clean and noise signals prior to mixing. Large intelligibility

gains were found for both CI listeners (Hu and Loizou, 2008)

and normal-hearing (NH) listeners (Brungart et al., 2006).

Use of ideal binary masking, also known as ideal chan-

nel selection (ICS), was also found to be successful in

removing the negative effects of both noise and reverbera-

tion from noisy reverberant speech when SRR criterion was

adopted (the mask was applied to noisy reverberant speech

as opposed to reverberant speech). ICS resulted in large

intelligibility gains for both CI recipients (Hazrati, 2012) as

well as NH subjects (Hazrati and Loizou, 2012b) tested

under reverberation and additive stationary speech-shaped

noise (SSN). The study by Roman and Woodruff (2011) also
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evaluated the effect of different ideal binary masks on the

intelligibility of the noisy reverberant speech and found that

a binary mask based on the direct path and early reflections

results in large intelligibility gains for NH listeners.

Inspired by the large intelligibility gains achieved using

ideal binary masking, or ideal time-frequency (T-F) masking,

strategies for tackling the negative effects of reverberation,

noise, and their combination, several studies proposed and

evaluated T-F mask estimation techniques for noisy or rever-

berant speech enhancement (Hazrati et al., 2013; Hazrati and

Loizou, 2013; Kim et al., 2009). However, no masking strat-

egy has been previously proposed in order to suppress both

reverberation and noise simultaneously resulting in intelligi-

bility improvements for CI users.

Considering both reverberation and noise in speech

intelligibility enhancement techniques is important, espe-

cially for CI users, because most studies only consider the

individual effects of noise or reverberation which results in

under-estimation of most real-life conditions. A single-

channel and non-ideal solution to the problem of noisy rever-

berant speech enhancement for CI users is proposed in the

present study.

Specifically, a “ratio,” also known as soft, T-F masking

algorithm is proposed and evaluated in the context of noisy

reverberant speech intelligibility improvements. Ratio mask-

ing refers to algorithms that decompose the signal into T-F

units and weight the units based on a given criterion (e.g.,

SNR for noise suppression). The weight assigned to each

unit can take on a value between 0 (discarding that unit) and

1 (no attenuation). If only 0 and 1 are assigned as weights

then the mask is called “binary.” Ratio masks are used here

as they result in processed speech with better quality due to

less “on” and “off” frequency channels (with less roughness

and musical noise) compared to binary-masked speech.

The proposed “blind” ratio masking strategy for simul-

taneously suppressing noise and reverberation in noisy rever-

berant speech is evaluated in two different reverberant

environments (T60¼ 0.6 and 0.8 s) both in the presence and

absence of steady-state noise [reverberant signal to noise

ratios1 (RSNRs)¼ 15 dB]. The proposed strategy is “blind”

meaning that no a priori information about clean speech or

the room impulse response (RIR) is assumed in advance. Of

the two reverberation times2 considered, one (T60¼ 0.6 s) is

allowable in classrooms in the US according to the ANSI

S12.60 (2002) standard while the other (T60¼ 0.8 s) exceeds

the ANSI recommended values even for larger classrooms.

II. SIMULTANEOUS SUPPRESSION OF
REVERBERATION AND MASKING NOISE

A. Methods

1. Subjects

Seven adult post-lingually deafened CI subjects partici-

pated in this study. All subjects were native speakers of

American English who received no benefit from hearing aids

preoperatively. All subjects were paid for their participation.

CI users were fitted with the Nucleus 24 multichannel

implant device manufactured by Cochlear Corporation

which used the advanced combination encoder (ACE) proc-

essing strategy. All subjects used their devices routinely and

had a minimum of one year experience with their devices.

The detailed biographical data of the CI subjects are pre-

sented in Table I.

2. Research processor

Subjects were tested using a personal digital assistant-

(PDA-) based CI research platform (Ali et al., 2013) in a

double-walled sound-proof booth (Acoustic Systems, Inc.).

The signals were streamed off-line via the PDA platform and

sent directly to the subject’s cochlear implant unilaterally.

The PDA processor was programmed for individual subjects

using their threshold and comfortable loudness levels, and

coding strategy parameters. The use of a PDA provides us

with the advantage of testing all subjects with the same basic

ACE implementation, without concern about special settings

(e.g., ADRO, BEAM, etc.) in individual CI devices. The vol-

ume of the speech processor was also adjusted to a comforta-

ble loudness prior to initial testing. Institutional review board

approval was obtained for the listening tests and participants

signed informed consent forms prior to testing. Each CI user

initially participated in a short practice session to become fa-

miliar with the listening task. During the practice session, the

subjects were allowed to adjust the volume to their comfort

levels. This volume level was fixed throughout the tests. In

order to avoid listener fatigue, participants were given a

15 min break every 60 min during the test session.

3. Stimuli

IEEE sentences (IEEE, 1969) were used as the speech

stimuli for testing. There are 72 lists of 10 phonetically bal-

anced sentences in the IEEE database, where each sentence is

composed of approximately 7–12 words. The root-mean-

square level of all sentences was equalized to the same value.

The reverberant stimuli were generated by convolving

the clean signals with measured RIRs recorded in a

10.06 m� 6.65 m� 3.4 m (length�width� height) room

(Neuman et al., 2010). The reverberation time of the room

was varied from 0.8 to 0.6 s by adding absorptive panels to

the walls and floor carpeting. The direct-to-reverberant

ratios of the RIRs were �1.8 and �3.0 dB for T60¼ 0.6 and

0.8 s, respectively. The distance between the single-source

signal and the microphone was 5.5 m, which was beyond

TABLE I. Biographical data of the CI users tested.

Subjects Age Gender

Years

implanted

(L/R)

Number of

active

electrodes

CI

processor

Etiology of

hearing loss

S1 59 M 2/- 21/- N5 Unknown

S2 53 F 3/2 22/22 N5 Unknown

S3 60 F 2/1 22/20 N5 Hereditary

S4 79 M 7/5 22/22 N5 Hereditary

S5 61 F 2/6 22/21 N5 Unknown

S6 65 M 3/- 21/- N5 Hereditary

S7 65 F 3/3 22/22 N5 Unknown
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the critical distance (’ 1 m) (Naylor et al., 2010). SSN with

the same long-term spectrum as the test sentences in the

IEEE corpus was used as a continuous (steady-state)

masker. The masker was added to the reverberant stimuli at

15 dB RSNR level.

B. Signal processing

In this study, the noise is considered to be additive to

the reverberant signal as shown in Fig. 1,

xðnÞ ¼ sðnÞ � hðnÞ þ yðnÞ; (1)

where x(n), s(n), h(n), and y(n) denote corrupted signal (by

noise and reverberation), anechoic clean signal, RIR, and

additive noise, respectively. The model considered here is

valid for environments with a steady-state noise source close

to the listener and speech source far from the listener.

Therefore, the received signal is affected by reverberation

convolutively and noise additively.3

The block diagram of the proposed noisy reverberant

speech enhancement algorithm is shown in Fig. 1. The noise

power spectral density (PSD), Ŷðt; f Þ, is computed from the

first 100 ms of the corrupted signal, as this initial segment of

the signal is only corrupted by the additive noise and no con-

volutive distortions due to reverberation exist. As shown in

previous studies (Hazrati et al., 2013), late reverberation

tends to fill in the speech gaps and blur vowel/consonant

boundaries, thereby degrading speech intelligibility for CI

users. Thus, removing the reverberation energy from the gaps

can restore onsets/offsets of phonemes and provide speech

identification cues to CI users. The PSD of late reflections

can be modeled as a delayed and smoothed version of the

PSD of reverberant speech as follows (Wu and Wang, 2006):

jRlðt; f Þj2 ¼ awðt� t0Þ � jXðt; f Þj2; (2)

with t and f being the time and frequency indices, respec-

tively. Here, X(t, f) and Rl(t, f) represent the complex fast

Fourier transform (FFT) spectra of the noisy reverberant

speech and late reflections, respectively, and the asterisk

denotes the convolution in time domain. The w(t) is a

smoothing function (a Rayleigh function is adopted here), a
is a scaling factor set to 0.1, and t0 is the time threshold

between early and late reflections of the RIR which is usu-

ally set to 50 ms for speech and is independent of the rever-

beration time (T60). The superposition of noise and late

reverberation PSDs is considered as the PSD of distortion

(caused by both reverberation and noise),

jDðt; f Þj2 ¼ jRlðt; f Þj2 þ jŶðt; f Þj2; (3)

which is used in the ratio mask estimation for each T-F unit.

The ratio mask is applied to the T-F representation of the

corrupted signal as

Ŝðt; f Þ ¼ Mðt; f ÞXðt; f Þ; (4)

where M(t, f) is the ratio mask of time frame t and frequency

bin f that is computed as

Mðt; f Þ ¼ kðt; f Þ
kðt; f Þ þ d

� �h

; (5)

where d and h are constant parameters determined experi-

mentally, and k is the a priori signal-to-distortion ratio. The

decision-directed method (Ephraim and Malah, 1984) is

used to recursively estimate k as

kðt; f Þ ¼ l � kðt� 1; f Þ þ ð1� lÞ jXðt; f Þj
2

jDðt; f Þj2
; (6)

where jDðt; f Þj2 is the PSD of distortion (late reverberation

and noise) and l is a constant (set to 0.98). The parameters d
and h were set to 2 and 1.5, respectively. The sampling fre-

quency, frame length and frame shift were 22 050 Hz, 8 ms,

and 2 ms, respectively to match the parameters of the ACE

strategy used with the PDA platform (Ali et al., 2013). The

inverse FFT of the Ŝðt; f Þ is computed and the enhanced

speech is finally re-synthesized using the overlap-add (OLA)

method.

C. Procedure

The subjects participated in a total of thirteen conditions

presented in Table II. The noisy reverberant ratio-mask proc-

essed signals were tested in three different scenarios where

(a) both noise and late reverberation PSDs, (b) only noise

PSD, and (c) only late reverberation PSD were estimated

and used in the mask estimation. The unprocessed sentences

in anechoic (T60 � 0.0 s) quiet conditions were used as a

control condition. Twenty IEEE sentences (two lists) were

used per condition. None of the lists used was repeated

across conditions. The order of the test conditions was

randomized across subjects in order to minimize any order

effects. During testing, the participants were instructed to

repeat as many words as they could identify. The responses

of each individual were collected and scored off-line based

on the number of words correctly identified. All words were

FIG. 1. Block diagram of the proposed

noisy reverberant speech enhancement

algorithm. Here, ŷðnÞ, rl(n), and d(n)

denote the estimated noise PSD, late

reverberation PSD, and the total esti-

mated distortions, respectively.
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scored. The percent correct scores for each condition were

calculated by dividing the number of words correctly identi-

fied by the total number of words in the sentence lists tested.

III. RESULTS

The individual and mean speech intelligibility scores for

both reverberation-alone and noisy reverberant conditions

are shown in Fig. 2 (unprocessed as well as ratio-mask proc-

essed scores). The speech intelligibility scores improved

from an average of 46.42 and 36.59 %, to 60.35 and 55.98 %

at T60¼ 0.6 and 0.8 s conditions, respectively. In the pres-

ence of noise, speech identification scores improved from an

average of 30.89 and 24.96 % to 51.97 and 41.98 %, respec-

tively. The average score in the anechoic quiet condition

was 92.46%. An analysis of variance (with repeated meas-

ures) confirmed a significant effect (F[1,6]¼ 25.59,

p< 0.005) of reverberation time, a significant effect of noise

(F[1,6]¼ 31.19, p< 0.005) and a significant effect of proc-

essing (F[1,6]¼ 47.03, p< 0.005) on speech intelligibility.

TABLE II. Listening test conditions. “SM” denotes soft-mask processed

stimuli. “SM-noisy reverberant (R¼ 0),” “SM-noisy reverberant (N¼ 0),”

and “SM-noisy reverberant” stand for soft-mask processed noisy reverberant

speech without late reverberation PSD estimation, soft-mask processed

noisy reverberant speech without additive noise PSD estimation, and

soft-mask processed noisy reverberant speech, respectively.

Condition T60 (ms) SNR (dB)

1—Anechoic quiet 0 —

2—Reverberant 600 —

3—Reverberant 800 —

4—Noisy reverberant 600 15

5—Noisy reverberant 800 15

6—SM-reverberant 600 —

7—SM-reverberant 800 —

8—SM-noisy reverberant 600 15

9—SM-noisy reverberant 800 15

10—SM-noisy reverberant (N¼ 0) 600 15

11—SM-noisy reverberant (N¼ 0) 800 15

12—SM-noisy reverberant (R¼ 0) 600 15

13—SM-noisy reverberant (R¼ 0) 800 15

FIG. 2. Individual percent correct

scores of seven CI users tested on

IEEE sentences using unprocessed and

soft-mask processed reverberant and

noisy reverberant acoustic inputs

(RSNR¼ 15 dB), (a) T60¼ 0.6 s and (b)

T60¼ 0.8 s. “Clean,” “R,” “NR,” and

“SM” stand for anechoic clean, rever-

berant, noisy reverberant, and soft-mask

processed conditions, respectively.

Error bars indicate standard deviations.
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In order to evaluate the impact of individual components

(i.e., noise and late reverberation suppression components) of

the proposed interference suppression technique, the results

obtained through speech intelligibility listening experiments

with each stage are presented in Fig. 3. The noisy reverberant

speech intelligibility scores improved from an average of

30.89 and 24.96 % to 36.87 and 29.17 % in T60¼ 0.6 and 0.8,

respectively (RSNR¼ 15 dB) using only the noise PSD in the

ratio mask estimation, and from an average of 30.89 and

24.96 % to 41.67 and 30.62 % in T60¼ 0.6 and 0.8, respec-

tively (RSNR¼ 15 dB), when only reverberation PSD was

considered in the mask estimation process.

Post hoc comparisons were performed to assess differen-

ces in scores obtained with unprocessed reverberant (noisy

reverberant) and ratio-mask processed reverberant (noisy

reverberant) signals. The results indicated that in both

reverberant-alone and noisy reverberant conditions (T60¼ 0.6

and 0.8 s), intelligibility of the processed stimuli improved

significantly (p< 0.0001, paired samples t-tests, Bonferroni

corrected) compared to the unprocessed reverberant and

noisy reverberant stimuli.

IV. DISCUSSION

As shown in Fig. 2, the intelligibility scores obtained

from the ratio-mask processed corrupted speech surpass

those of unprocessed corrupted (by reverberation and noise)

speech stimuli in both reverberant conditions tested. This is

because of the assignment of smaller weights to the T-F units

in which reverberation and masking noise are more domi-

nant and larger weights to the speech-dominant T-F units.

The effect of this ratio-masking on suppressing reverberation

and noise from the corrupted speech spectrum is evident in

Fig. 4. In this figure, the spectrograms of an IEEE sentence

are shown for anechoic quiet, noisy reverberant, and ratio-

mask processed noisy reverberant signals.

All gaps and phoneme boundaries are present in the

anechoic spectrogram shown in Fig. 4(a). Self- and

overlap-masking effects of reverberation as well as the

additive noise effects are evident in Fig. 4(b) (T60¼ 0.6 s

and RSNR¼ 15 dB). The gaps are filled with noise and

reverberation energy and the phoneme onsets/offsets are

obscured resulting in masked word recognition cues useful

for CI users. The spectrogram of the same noisy reverberant

sentence processed with the ratio-masking strategy is

shown in panel (c) of Fig. 4. As shown in this figure, the

noise and reverberation effects are suppressed to a great

extent and the vowel-consonant boundaries are restored.

These boundaries will provide CI users with useful acoustic

cues for speech identification.

Figure 3 demonstrates the efficacy of the individual

components of the proposed algorithm in speech intelligibil-

ity gains. As evident from this figure (Fig. 3), although either

the noise PSD or reverberation PSD estimation stage has a

FIG. 3. Individual percent correct

scores of seven CI users tested on

IEEE sentences using unprocessed and

soft-mask processed reverberant and

noisy reverberant acoustic inputs

(RSNR¼ 15 dB), (a) T60¼ 0.6 s and

(b) T60¼ 0.8 s. “NR,” “SM-NR

(R¼ 0),” “SM-NR (N¼ 0),” and

“SM-NR” stand for noisy reverberant,

soft-mask processed noisy reverberant

speech without late reverberation PSD

estimation, soft-mask processed noisy

reverberant speech without additive

noise PSD estimation, and soft-mask

processed noisy reverberant speech,

respectively. Error bars indicate stand-

ard deviations.
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beneficial contribution to enhancing the overall intelligibility

of noisy reverberant speech for CI users, their combination

(where both noise and reverberation PSDs are used in mask

estimation) has a significantly greater impact on intelligibil-

ity improvements. This is expected as the two components

complement each other in a synergistic manner to suppress

the combined interference, thereby boosting the speech intel-

ligibility for CI subjects.

It is worth mentioning that the proposed strategy is not

specifically developed for CI users and in the context of CI

sound processing, thus it may be adopted in other applica-

tions such as hearing aids. Moreover, it can suppress not only

simultaneous noise and reverberation, but also noise or

reverberation alone which makes it more practical in different

acoustic environments. Although not evaluated here, non-

stationary noise estimation algorithms can also be adopted

in situations where the additive noise is non-stationary

(Abramson and Cohen, 2007). The noise PSD can be

estimated from the non-speech gaps (e.g., gaps between utter-

ances of speech or speech pauses) with the help of a voice ac-

tivity detector (Sadjadi and Hansen, 2013).

V. CONCLUSIONS

The combined effects of noise and reverberation are

more detrimental to speech intelligibility compared to their

individual effects. In this study, a blind single-channel ratio-

masking strategy was evaluated for simultaneous suppres-

sion of noise and reverberation. This strategy assigns small

weights to the masker (noise and reverberation) dominant

T-F units while the speech dominant T-F units are given

larger weights based on the late reverberation and noise

power spectrum estimates. The performance of the proposed

method was assessed through listening tests conducted on

seven CI listeners. The proposed technique was found to be

quite successful in removing noise and reverberation energy

FIG. 4. Spectrograms of the IEEE sen-

tence “use a pencil to write the first

draft” uttered by a male speaker. (a)

Spectrogram of the anechoic (uncor-

rupted) sentence, (b) spectrogram of

the same sentence corrupted by noise

and reverberation (RSNR¼ 15 dB and

T60¼ 0.6 s), and (c) spectrogram of the

same noisy reverberant sentence proc-

essed by the soft-masking strategy.
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from the gaps of speech yielding significant speech-

intelligibility improvements for CI users.
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