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ABSTRACT 
 
Speech enhancement is an important segment in digital hearing 
aids, which aims to improve signal-to-noise (SNR) level of re-
ceived speech signals and thus enhance speech intelligibility for 
hearing-loss individuals. Recently, we proposed a generalized 
maximum a posteriori spectral amplitude (GMAPA) speech en-
hancement algorithm. The proposed GMAPA algorithm has been 
confirmed effective in a series of objective evaluations and speech 
recognition tests. In this study, we conduct experiments and ob-
serve that GMAPA also provides clear long-term SNR increases in 
a simulated hearing-aids testing condition. The result demon-
strates that GMAPA can be suitably applied in digital hearing aids. 
 
Index Terms— Speech Enhancement, Noise Reduction, GMAPA, 
Digital Hearing Aids, Long-term SNR. 
 

INTRODUCTION 
 
Background noise can seriously damage speech intelligibility for 
people with hearing loss. Therefore, speech enhancement is usually 
deployed and plays an important role in digital hearing aids to 
improve the signal-to-noise (SNR) level of received speech signals 
[1].  Recently, we proposed a generalized maximum a posteriori 
spectral amplitude (GMAPA) [2] speech enhancement algorithm. 
GMAPA adopts an adjustable scale of prior information to com-
pute the gain function for speech enhancement: in high SNR condi-
tions, GMAPA uses a smaller scale to maintain the speech quality; 
on the other hand, in low SNR conditions, GMAPA can remove 
noise components effectively by using a larger scale. A mapping 
function is designed to determine the optimal scale of the prior 
information according to the SNR of the received speech data. Our 
previous study has shown that GMAPA provides superior perfor-
mance to several popular speech enhancement methods in both 
objective evaluations and speech recognition tests [2]. 
In this study, we intend to investigate the applicability of GMAPA 
on digital hearing aids. For the experiments, we combine GMAPA 
with the wide-dynamic-range compression (WDRC) [3] amplifica-
tion to simulate the processing of digital hearing aids. Then, we 
test the mean difference of the long-term SNR between using and 
not using GMAPA on speech signals, which are contaminated with 
different noises for the high-frequency hearing loss cases. Experi-
mental results demonstrate that GMAPA significantly improve the 
long-term SNR score, suggesting that GMAPA is suitable to be 
integrated into digital hearing aids.  
 

THE GMAPA SPEECH ENHANCMENT ALGORITHM 
 

This section introduces the proposed GMAPA algorithm and the 
mapping function to determine the scale of prior information. 
 

Signal Analysis 
In the time domain, a noisy speech signal, ݕሾ݊ሿ, is composed of a 
clean speech, ݏሾ݊ሿ, corrupted by additive a noise signal,

 
 ሾ݊ሿ, asݒ

ሾ݊ሿݕ ൌ ሾ݊ሿݏ ൅ ,ሾ݊ሿݒ
 

(1) 

where n denotes the time index. In the frequency domain, the noisy 
speech spectrum, ܻሾ݉ǡ ݈ሿ, can be expressed as 

ܻሾ݉ǡ ݈ሿ ൌ ܵሾ݉ǡ ݈ሿ ൅ ܸሾ݉ǡ ݈ሿǡ Ͳ ൑ ݈ ൑ ܮ െ ͳ ǡ (2) 

where l is the frequency bin correspond to the frequency ߱௟, where 
߱௟ ൌ ଶ஠௟

௅ , �݈ ൌ Ͳǡ ͳǡǥ ǡ ܮ െ ͳ ; m is the frame index; ܵሾ݉ǡ ݈ሿ� and 
ܸሾ݉ǡ ݈ሿ are speech and noise spectrums, respectively.  

Fig. 1 shows the overall speech enhancement system, which 
can be decomposed to two parts: noise tracking and gain estima-
tion. The noise tracking determines noise information from the 
noisy speech. Then, the gain estimation calculates a gain function, 
ሾ݉ǡܩ ݈ሿ, based on the estimated noise information, to reconstruct 
the speech, መܵሾ݉ǡ ݈ሿ , by filtering ܻሾ݉ǡ ݈ሿ  through ܩሾ݉ǡ ݈ሿ . In the 
following discussion, we denote ܻሾ݉ǡ ݈ሿ , ܵሾ݉ǡ ݈ሿ , ܸሾ݉ǡ ݈ሿ , and 
ሾ݉ǡܩ ݈ሿ, respectively, as ܻ, ܵ, ܸ, and ܩ, for simplicity.  

 

 
 

Fig. 1. Block diagram of a speech enhancement system. 
 

GMAPA Algorithm 
To perform speech enhancement, we first decompose ܻ and ܵ into 
spectral amplitude and phase parts: 

ܻ ൌ ௞ܻ݁݌ݔ൫݆ߠ௒ೖ൯�ǡ (3) 

ܵ ൌ ܵ௞݁݌ݔ൫݆ߠௌೖ൯�ǡ� (4) 

where ௞ܻ ൌ ȁܻȁ, ܵ௞ ൌ ȁܵȁ, ߠ௒ೖ ൌ ௌೖߠ and ,ܻס ൌ   .ܵס
For GMAPA [2], the spectral amplitude, መܵ௞, is calculated by 

መܵ௞ ൌ ������
ௌೖ

ܬீ ெ஺௉஺ሺܵ௞ሻǡ (5) 

where ீܬ�ெ஺௉஺ሺܵ௞ሻ is the cost function and can be expressed as 

ெ஺௉஺ሺܵ௞ሻீܬ ൌ ��ሼ݌ሾܻȁܵ௞ሿ�ሺ݌ሾܵ௞ሿሻఈሽǤ (6) 

By differentiating ீܬ�ெ஺௉஺ሺܵ௞ሻ in Eq. (6) with respect to ܵ௞  and 
equating the result to zero, we can obtain 

መܵ௞ ൌ
ߦ ൅ ඥߦଶ ൅ ሺʹߙ െ ͳሻሺߙ ൅ ߦሻߦ Τߛ

ʹሺߙ ൅ ሻߦ ௞ܻǡ (7) 
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where መܵ௞  is the enhanced speech, ߦ ൌ ௦ଶߪ ௩ଶΤߪ  and ߛ ൌ ௞ܻ
ଶ ௩ଶΤߪ  are 

the a priori and a posteriori SNRs. Thus, GMAPA gain function is  

ெ஺௉஺ீܩ ൌ
ߦ ൅ ඥߦଶ ൅ ሺʹߙ െ ͳሻሺߙ ൅ ߦሻߦ Τߛ

ʹሺߙ ൅ ሻߦ Ǥ (8) 

With the estimated spectral amplitude, ܵ௞, we follow the sug-
gestion from [4, 5] to estimate the phase, ߠௌೖ , of ܵ: 

෠ௌೖ൯ߠ൫݆݌ݔ݁ ൌ  ௒ೖ൯Ǥ (9)ߠ൫݆݌ݔ݁

Finally, the clean speech spectrum can be obtained as 

መܵ ൌ መܵ௞݁݌ݔ൫݆ߠ௒ೖ൯Ǥ (10) 
 

Determining the Scale of Prior Information 
GMAPA adopts a sigmoid function [6] to determine optimal Į: 

ߙ ൌ ௠௔௫ߙ
ͳ ൅ ҧߛሾെܾሺ݌ݔ݁ �െ ܿሻሿǡ (11) 

where Įmax is the maximum value for Į; b and c are coefficients of 
the sigmoid function; ߛҧ  is the mean of a posteriori SNR. Fig. 2 
shows the relationship between the scale Į and the ߛҧ. We can op-
timally determine Įmax, b and c based on a set of development data. 
 

 
Fig. 2. The relationship between Į and ߛҧ of the mapping function. 
 

EXPERIMENT 
 

Experimental Setup 
Figure 3 shows the block diagram of the experiment framework. 
The evaluation measurement is the long-term SNR scores between 
using and not using GMAPA for the same hearing-loss audiogram 
simulated by a platform, which was developed using the LabVIEW 
software.  In this study, the same set of speech data was used 
throughout all measurements; it was concatenated Mandarin utter-
ances lasting for 10 seconds, along with three noise signals: range-
hood, babble, and traffic noises, which were also concatenated for 
10 seconds. The sound intensity of each signal was normalized to 
65 dB SPL. Additionally, speech and noise were combined at four 
SNR levels (-2, +2, +6, or +10 dB) to simulate typical daily situa-
tions. The combined signals were processed by the GMAPA algo-
rithm and the WDRC amplification. Here the National Acoustic 
Laboratories-Nonlinear Version 1 prescription [7] was used for the 
WDRC amplification process. The separation technique of the 
long-term SNR developed by Hagerman and Olofsson [8] was used 
to extract the speech and noise components.  

 
Results and Discussion 
Table 1 shows the obtained long-term SNR scores, where Ya and 
Nb, respectively, represent using and not using GMAPA. From 
Table 1, the overall meansSD values of the output long-term SNR 

were 11.0s5.5 dB and 3.7s3.6 dB for using and not using GMAPA, 
respectively, across the four SNR levels. A paired-sampled t-test 
was performed and showed that the difference between using and  

 

Fig. 3. Block diagram of the overall processing to obtain the out-
put SNR, where S and V denote the speech and noise, respectively. 

 
not using GMAPA was significant (t=7.2, p<0.001). The results 
confirmed that GMAPA can bring huge gain on speech intelligibil-
ity in the simulated hearing-aids noisy conditions.   
 
Table 1. Mean difference of the long-term SNR (in dB). 

Ya: using GAMAP; Nb: not using GMAPA. 
 

CONCLUSION 
 

This study investigates the applicability of the GMAPA speech 
enhancement algorithm for hearing aids. Experimental results 
show that GMAPA can achieve clear improvements on long-term 
SNR evaluations when tested with noisy speech contaminated by 
three types of noise, at four SNR levels (-2, 2, 6, and 10 dB), sug-
gesting that GMAPA can benefit speech intelligibility for hearing-
aid users in noisy environments. The clinical trial of real listening 
tests will be conducted in the near future. 
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(Į)
Scale

0

௠௔௫ߙ

Mean of the a posteriori SNR (ߛҧሻ

Input 
SNR 
(dB) 

Range-hood 
noise Babble noise Traffic noise 

Ya Nb Ya Nb Ya Nb

-2 8.9 -0.4 0.4 -1.6 9.6 -0.3 
+2 11.9 2.7 3.7 1.3 12.9 2.7 
+6 14.9 5.7 7.0 4.2 15.9 5.6 
+10 17.7 9.1 10.2 7.2 18.9 8.7 

Mean 13.4 4.3 5.3 2.8 14.3 4.2 

2013 IEEE 17th International Symposium on Consumer Electronics (ISCE)

246


