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Abstract: The subjective quality test of the enhanced speech 

from different enhancement algorithms for listeners with normal 
hearing (NH) capability as well as listeners with hearing 
impairment (HI) is reported. The subjective quality evaluation of 
speech enhancement methods in the literature survey is mostly 
done targeting NH listeners and fewer attempts are observed to 
subjectively evaluate for HI listeners. The algorithms evaluated 
are from four different classes: spectral subtraction class(SS), 
statistical model based class (minimum mean square error), 
subspace class(PKLT) and auditory class (ideal binary mask using 
STFT, ideal binary mask using gammatone filterbank and ideal 
binary mask using gammachirp filterbank). The algorithms are 
evaluated using four types of real world noises recorded in Indian 
scenarios namely cafeteria, traffic, station  and train at -5, 0, 5 
and 10 dB SNRs. The evaluation is being done as per ITU-T P.835 
standard in terms of three parameters- speech signal alone, 
background noise and overall quality. The noisy speech database 
developed in Indian regional language, Marathi, at four SNRs -5, 
0, 5 and 10 dB is used for evaluation. Significant improvement is 
observed in ideal binary mask algorithm in terms of overall 
quality and signal distortion ratings for NH and HI listeners. The 
performance of minimum mean square error is also observed 
comparable with the ideal binary mask algorithm in some cases. 
 
Keywords : hearing impaired, ideal binary mask, mean opinion 
score, speech enhancement.  

I. INTRODUCTION 

People with normal hearing (NH) ability are able to 

perceive one particular sound among several equally loud 
conversations or loud background music. But hearing 
impaired (HI) listeners face cocktail party phenomenon [1, 2] 
more. Even in less noisy situations, HI listeners face speech 
perception problems [3, 4, 5] and they may stop listening to 
the conversation.  
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Quality evaluations can be done using subjective listening 

tests or objective quality measures [6].  Quality and 
intelligibility are the two main attributes of speech signal. 
Though the enhanced outputs of two different algorithms may 
have equal intelligibility scores, but the listeners may perceive 
the enhanced speech of one of the algorithms more natural. It 
is observed in the literature survey  
that the speech enhancement algorithms for noisy and 
reverberant methods have been evaluated objectively using 
signal processing distortion methods. But they are evaluated 
subjectively mostly for normal listeners. A subjective quality 
evaluation of thirteen speech enhancement algorithms was 
done for NH listeners [6]. Heleen Luts et. al. [7] have 
evaluated five speech enhancement algorithms subjectively 
for both NH and HI listeners. The motivation behind quality 
evaluation experimentation is to check the performance of the 
algorithms from each class for HI listeners. The algorithms 
chosen for evaluations are spectral subtraction algorithm 
(SS), minimum mean square error (MMSE), perceptually 
motivated subspace algorithm (PKLT), ideal binary mask 
using short-time Fourier transform (IBM_STFT), ideal binary 
mask using gammatone filterbank (IBM_GT) and ideal binary 
mask using gammachirp filterbank (IBM_GC). This paper is 
divided into following sections: section II is concerned with 
speech enhancement algorithms; section III explains the 
database and experiments. Section IV discusses the results of 
the experiments. Finally the paper is concluded in section V. 

II. SPEECH ENHANCEMENT ALGORITHMS 

The most standard method in speech enhancement is 
spectral subtraction. In spectral subtraction, the noise which is 
additive to the clean speech is considered. The modeling of 
this noise from the noisy speech signal is done for suppressing 
it to recover the enhanced speech signal [6]. But these spectral 
subtraction methods overestimate the noise spectrum which 
gives rise to distortions in the enhanced speech. These 
distortions result in musical noise in the output. A number of 
methods were proposed in the literature to reduce this musical 
noise [8, 9]. The human auditory perceptual methods which 
use the masking properties of human auditory system were 
proposed to improve the spectral subtraction methods [10, 
11]. More recent methods are combined temporal and spectral 
processing [12], ideal binary mask [13] and independent 
component analysis [14].  
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Binary time-frequency masks perfectly separate the speech 
signals from mixture if the time-frequency representations of 
the speech sources do not overlap [15]. However, the quality 
of the enhanced speech is highly dependent on the type of 
noise, SNR and time-frequency resolution. It is observed in 
the literature survey that the researchers have used different 
methods to generate binary mask. Different transforms were 
used to apply binary masks to the mixture of sounds [16, 17, 
18] while gammatone filterbank is used along with binary 
mask [13]. In this paper the speech enhancement algorithms 
from different classes are selected for subjective quality 
evaluations namely- spectral subtraction (spectral subtractive 
class), MMSE (statistical model based class), PKLT 
(subspace), IBM_STFT, IBM_GT and IBM_GC 
(Auditory).The three algorithms from auditory class are 
chosen to study the effect of STFT, gammatone and 
gammachirp filterbank along with ideal binary mask. The 
MATLAB implementations given in [6] and in [19] are used 
for subjective evaluation. Ideal binary mask algorithm is 
implemented with LC (Local criteria) 0 dB for NH and -6 dB 
for HI [13].  

A. Spectral subtraction algorithm 

In spectral subtraction algorithm, [20] the noise spectrum 
average magnitude is calculated. This average magnitude is 
subtracted from the magnitude spectrum of the noisy speech 
signal to evaluate the magnitude spectrum of the enhanced 
speech. To estimate the noise, it is assumed that the additive 
noise is stationary during the analysis interval. The enhanced 
speech spectrum is estimated as 

       
^ ^

        1X k Y k N k 
        

where the noise spectrum average magnitude is  
^

N k , the 

magnitude spectrum of noisy speech is Y(k). But in this 
method, errors occur while calculating the noise spectrum and 
hence some negative values in the enhanced spectrum are 
observed. These negative peaks are half wave rectified to get 
positive magnitude spectrum. These peaks give rise to 
musical noise when converted to time domain. Berouti 
et.al.[21] proposed a method in which the noise spectrum is 
overestimated. This overestimated spectrum of noise is 
subtracted from the noisy spectrum. Thus the output spectrum 
is ensured above a preset minimum value. This method 
reduced musical noise. Thus the enhanced speech spectrum is  
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where b is spectral floor parameter , a is over subtraction 
factor and it is a function of signal to noise ratio (SNR) in each 
frame of noisy speech.[6] 
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where a0 is the required value of a at 0 dB SNR. SNR is a 
posterior estimate based on the ratio of power of noisy speech 
to the power of estimated noise. Each speech analysis frame is 
of 160 samples with 50% overlap. The speech signal is 
windowed using Hamming window before DFT analysis. The 
enhanced signal in each frame is synthesized using overlap 
add method. 
 

B. Minimum mean square error (MMSE) algorithm 

This method [22] enhances the speech by minimizing the 
mean square error between the short time magnitude spectrum 
of the clean and the enhanced speech signal. MMSE estimator 
is expressed as 
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where I0(.) and I1(.) are the modified Bessel functions of zero 
and first order respectively. In equation 4, υk is defined as  
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C. Perceptually motivated subspace algorithm 

Signal and noise subspace form each vector of degraded 
speech signal. Singular value decomposition (SVD) and 
Karhunen-Loeve Transform (KLT) methods are used to break 
down the degraded speech signal into speech signal and noise 
subspace. The noisy speech signal covariance matrix Ry is 
computed using a relatively large frame length K(256, 32 
msec), which is divided into smaller P-dimensional frames 
(32, 4 msec) with 50% overlap. The samples in K dimensional 
frame are used to construct P x P Toeplitz covariance matrix. 
The eigenvector matrix is derived from Toeplitz covariance 
matrix Ry [23] 

Ry=UɅyU
T where Ʌy is the diagonal matrix containing 

eigen values. The signal subspace M is estimated. The noisy 
signal in each P sub frame is enhanced using eigenvector 
matrix Ʌy and the estimation matrix M. The output vectors are 
windowed using Hamming window and synthesized using 
overlap add method. 

D.  Ideal binary mask algorithm 

The three algorithms from auditory class are chosen to 
study the effect of STFT, gammatone and gammachirp 
filterbank along with ideal binary mask. Spectral resolution is 
the main difference between the gammatone filterbank and 
STFT. Gammatone filterbank features the processing in the 
human auditory system. Hence it is frequently used for speech 
processing. STFT requires more frequency channels to obtain 
the same spectral resolution at low frequencies than the 
gammatone filter bank [13]. The binary mask is generated 
using the equation 

 
   1 if s , ,

,
0       otherwise

t f n t f
IBM t f

 
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

          (5) 

The number of channels used in gammatone and 
gammachirp filterbank is 128, filter order is 4. 

III. DATABASE AND EXPERIMENTS 

Subjective evaluation of speech enhancement algorithms 
consists of quality and intelligibility judgments of the 
listeners.  
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The judgments of the listeners will be more accurate if the 
listening test is conducted using vernacular language. Hence 
developing Marathi language database at different SNR levels 
has been elusive due to lack of databases recorded at different 
SNR levels.  

Hundred phonetically rich sentences in Marathi language 
with less word text repetition were recorded in a recording 
room. Two male and two female speakers spoke the 
sentences. The sentences were selected to include almost all 
phonemes in spoken Marathi language. The sentences were 
sampled at 8 kHz, 16-bit PCM, mono format. The database 
was degraded by four different real-world noises at different 
SNRs. The noise includes cafeteria, traffic, train, station 
which is recorded in Indian scenarios (Pune city). The speech 
and noise signals were calibrated to 65dB as per ITU-T 
standard.  
Equipments used for calibration were Brüel and Kjaer, 
Denmark make sound Pressure Level Meter Type 2250, 
Sound Level Calibrator Type 4231, Professional Microphone 
Type 4144 and Artificial Ear Type 4152. Calibrated noise 
signal of the same length as the speech signal was cut 
randomly from the noise recording, scaled appropriately as 
per the required SNR level and added to the calibrated speech 
signal using method B of ITU-T P.56. The noise signals were 
added to speech signals at -5dB, 0dB, 5dB, 10dB SNRs. All 
the noisy speech signals were saved in Windows wav format. 
Adobe Audition software was used for editing speech and 
noise files. 

A. Experiments 

The subjective evaluation is carried using three parameters: 
the speech signal alone (SIG), the background noise alone 
(BAK) and the overall quality (OVL) of the enhanced speech  
signal. The noisy speech files at four different SNRs 10 dB, 5 
dB, 0 dB and -5 dB in four different noise environments- 
cafeteria, traffic, train, station and the enhanced speech files 
were presented to 13 different subjects in random order 
similar to [6]. The listeners with peculiar Marathi language 
accent were chosen which comprise 6 male and 7 female 
listeners. 7 listeners have normal hearing abilities and 6 are 
having mild sensorineural hearing loss. The average age 
group of NH subjects is between 18 to 25 and 2 of them are 
expert listeners. The age of HI listeners range from 23 to 73 
with the average age of 55. For HI listeners, the listening test 
was performed with hearing aid taken off.  Amplification was 
provided as per the individual HI listener’s audiogram. The 

amplification level was adjusted once before the beginning of 
test and was not disturbed throughout the test. The listening 
test is carried out in a quiet room with ordinary headphones 
usually used with personal computer. 
The subjects were trained by playing a set of speech files so as 
to get accustomed with the test procedure. Each set includes 
eight files – six enhanced speech files of different algorithms 
namely spectral subtraction, MMSE, subspace, ideal binary 
mask using STFT (IBM_STFT), ideal binary mask using 
gammatone filterbank (IBM_GT), ideal binary mask using 
gammachirp filterbank (IBM_GC), clean speech file and 
degraded signal file (noisy). Sixteen sets, each consisting of 
eight files are created and are presented to the listeners in 
random order.  The listeners are given short span to relax after 
about 20 minutes of uninterrupted listening. The subjects 

were instructed to rate the enhanced speech signal on each of 
the parameters [6]: 
1. The speech signal alone (SIG) with scale of signal 

distortion [1-very unnatural, very downgraded, 2- fairly 
unnatural, fairly downgraded, 3- somewhat natural, 
somewhat downgraded, 4- fairly natural, little down 
gradation, 5- very natural, no down gradation] 

2. The background noise alone (BAK) with scale of 
background disturbance[1- very noticeable, very 
interrupting, 2- fairly noticeable, somewhat interrupting, 3- 
noticeable but not interrupting, 4- somewhat noticeable, 
somewhat interrupting, 5- not noticeable] 

3. The overall signal in terms of decreased background noise, 
lesser distortion with scale of Mean opinion score (OVL) 
[1-bad, 2- poor, 3- fair, 4- good, 5- excellent]. 

The ITU-T P.835 standard was used to evaluate and compare 
the performance of speech enhancement algorithms. [24] 

IV. DISCUSSION 

Figure 1 and Figure 2 show sample bar graph plots of 
subjective evaluation in terms of MOS scores for cafeteria 
noise at 0 dB SNR for NH and HI subjects respectively using 
degraded speech and the enhanced speech obtained with 
different  methods. The SIG, BAK and OVL scores of 
degraded speech is the reference score to evaluate different 
methods so that which algorithm improved the quality of 
noisy speech is known. Table I, Table II and Table III show 
mean opinion scores (MOS) for overall quality (OVL), signal 
distortion (SIG) and background noise distortion (BAK) 
ratings obtained from the different algorithms for both NH as 
well as HI listeners. In the table, abbreviations noisy, SS, 
MMSE, PKLT, IBM_STFT, IBM_GT and IBM_GC refer to 
degraded speech, spectral subtraction, MMSE estimator, 
perceptually motivated subspace, ideal binary mask using 
STFT, ideal binary mask using gammatone filterbank and 
ideal binary mask using gammachirp filterbank respectively. 
 

 
Figure 1: The OVL mean scores for cafeteria noise at 0 

dB SNR for NH listeners 
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Figure 2: The OVL mean scores for cafeteria noise at 0 

dB SNR for HI listeners 

The asterisks (*) indicate improvement in the ratings, # 
represents no significant improvement and blank indicates 
poor performance in the ratings of enhanced speech output. It 
is observed that HI listeners have also given higher overall 
quality rating to the enhanced files from all types of ideal 
binary mask algorithm. The same trend is observed for all four 
types of noises for NH listeners. The ratings for ideal binary 
mask algorithms are almost  
 
 

Table-I: Mean opinion scores (MOS) for overall quality rating (OVL) 

 
Table-II: Mean opinion scores (MOS) for signal distortion (SIG) rating 

 
Table-III: Mean opinion scores (MOS) for Background Noise Distortion (BAK) rating 
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same for OVL, SIG and BAK ratings irrespective of the signal 
processing technique and these ratings are considered as an  
ideal case for comparison. In some conditions the algorithms 
SS, MMSE and PKLT performed good. 
For signal distortion comparison (SIG), the asterisks indicate 
no notable speech distortion. For background noise distortion 
(BAK), the algorithms marked with asterisks lowered the 
noise distortion and with # as well as blank did not lower the 
noise distortion. MMSE algorithm performed the best among 
SS, MMSE and PKLT in terms of overall quality (OVL) and 
no notable speech distortion (SIG) ratings. In terms of 
background noise distortion (BAK) ratings, it is observed that 
MMSE and PKLT performed equally. Multiple regression 
analysis for overall quality, speech and noise distortion 
ratings was performed. The overall quality score is the 
dependent variable and the speech and noise distortion scores 
are independent variables. The relationship among these three 
ratings for NH listeners is, 

0.025 0.706 0.305       (6)OVL SIG BAKR R R    
and for HI listeners is,  

0.029 0.593 0.333    (7)OVL SIG BAKR R R    
 where ROVL is the predicted overall (OVL), RSIG  is the SIG 
rating and RBAK 

is the BAK rating. The correlation coefficient 
is 0.98 for NH, 0.968 for HI and the standard deviation of the 
error is 0.21 for NH, 0.238 for HI listeners. Figure 3 and 
Figure 4 show the regression plot for NH and HI listeners 
respectively. 
 

 
Figure 3: Regression plot for NH listeners 

 

 
Figure 4: Regression plot for HI listeners 

 
In some cases at 5 and 10 dB , no significant improvement is 
observed as the noisy signal rating is increased. The spectral 
subtraction (SS) algorithm performed poorly for almost all 
conditions for NH and HI listeners. 

V.CONCLUSION 

In this paper, the subjective evaluation of six speech 
enhancement algorithms namely- spectral subtraction (SS), 
minimum mean square error (MMSE), perceptually 
motivated subspace (PKLT), ideal binary mask using STFT 
(IBM_STFT), ideal binary mask using gammatone filter 
(IBM_GT),ideal binary mask using gammachirp filter 
(IBM_GC)  is done. In terms of overall quality, significant  
improvement is observed in ideal binary mask algorithm for 
both NH and for HI listeners. The spectral subtraction (SS) 
algorithm performed poorly for almost all conditions for NH 
and HI listeners. It is observed that the algorithms giving 
significant improvement in overall quality also showed the 
lowest speech distortion. Ideal binary mask algorithm showed 
good performance in almost all conditions and is used as ideal 
case for comparison. MMSE performed better among SS, 
MMSE and PKLT algorithms. The ratings given by HI 
listeners follow the same trend as the ratings given by NH 
listeners. It is also verified from the results of regression 
analysis that the listeners have given emphasis on signal 
distortion (SIG) than the background noise distortion (BAK) 
while giving MOS ratings. 
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