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Abstract: When the sound signal is recorded in a confined room, it gets corrupted by echo and background noise present in room. It also 

deteriorates the property of the dialogue signal and poses a question for numerous speech-related systems, which includes automatic 

speech recognition and speaker recognition. The Generalized Regression Neural Network (GRNN), which is a single-pass learning 

process, is renowned for its capability to quickly train on sparse data sets. In this paper, a GRNN-based approach is implemented, which 

deals with the unified effects of noisy and reverberant environment.  The presented approach encompasses two phases: a preprocessing 

phase which contains framing and feature extraction and a dereverberation and denoising phase which uses the common regression 

neural network. The outcome of the suggested approach is verified in noisy circumstances for variations in noise, reverberation time and 

signal to noise ratios. The result of the experiment shows that the developed method operates superior than the existing technique for the 

actual quality measures. STOI is increased by 5.93% and PESQ is increased by 64.73%. 

Keywords: Reverberation, Dereverberation, Room Impulse Response (RIR), General Regression Neural Network (GRNN), Signal to 

noise ratio (SNR) 

1. Introduction 

Extraction of the desired speech signal from reverberation 

and the unwanted background noise present in the room is 

the main objective of speech dereverberation. Speech 

deverberation acts as fundamental element in various real 

world applications, e.g., hearing aids, automatic speech 

recognition, speaker identification (SID), and mobile 

communication. Room reverberation is achieved by 

convolving the desired signal with RIR, and speech signals 

are distorted along with both time and frequency. It has a 

severe effect on the speech signal quality, also deteriorates 

the performance of speech processing systems significantly 

even when trained on large scale data [1]. In speech 

processing system reverberation still remains a well 

acknowledged challenge, specifically when it is subjected 

to background noise. Numerous dereverberation methods 

have been actively proposed in the past [2], [4]. Allen et al. 

[5] suggested two microphone speech dereverberation 

where the first signals were filtered into the frequency 

band, after which the delay variations were accounted for 

and applied to the filtered signals. For every band, the 

correlation among the two mike signals was determined 

and used to eliminate the reverberation effects as a gain 

factor for that band to remove the spectral bands with weak 

correlations. The proposed system is efficient in 

eliminating the speech's long-term echo. 

K. Lebart et al. [6] put forward a single channel spectral 

processing technique based on spectral subtraction to 

suppress the impact of late reverberation. The power 

spectrum of the reverberation is estimated using an 

algebraic prototype of late reverberation, which further 

deducts it from the power spectrum of the reverberant 

speech. This algorithm achieves a strong reduction of the 

reverberant energy. M. Wu et al. [7] suggested an 

algorithm in step one coloration effects are minimized by 

estimating for single channel speech dereverberation.   

Inversefilter and spectral subtraction is used in the second 

step to mitigate late reverberation.  

A recursive multichannel EM-based algorithm was 

suggested by B. Schwartz et al. [8]. In E-step, the Kalman 

filter is used to generate a new clean signal sample and the 

estimation is modified in M-step as per the Kalman filter 

system output. The reverberations are significantly 

reduced, and speech quality is increased by the proposed 

algorithm. K. Furuya et al. [9] proposed joint multichannel 

blind deconvolution and spectral subtraction for speech 

dereverberation. Early reflections are reduced by the 

inverse filter, and the remaining reverberations are 

suppressed by spectral subtraction. T. Nakatani et al. [10] 

developed methods of speech dereverberation depend on 

the basic property of speech signal called as harmonicity 

property. Two methods of dereverberation have been 

presented; in one approach, reverberant signals are 

converted into harmonic signals to estimate the average 

filter, while in another MMSE criterion is minimized to 

evaluate the quasi-periodicity of signals. With proposed 
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methods, excellent quality speech dereverberation was 

achieved for 0.1 and 1.0 s reverberation time. Ina Kodrasi 

et al. [11] presented a partial multichannel equalization 

technique based on multiple input/output inverse theorem 

(P-MINT) to shorten the room impulse response and 

control the quality of the speech. The robustness of P-

MINT is further increased by incorporating regularization. 

A computerized non-intrusive selection technique for the 

parameter of regularization is proposed, resulting in almost 

optimal quality of perceptual speech. The recommended 

algorithm was used to receive the best perceptual speech 

output in normalized P-MINT. 

A lot of research has been done on dereverberation as well 

as denoising. M. Delcroix et al.[12] suggested a two-step 

speech dereverberation technique named linear predictive 

multi-input equalization (LIME) dependent on 

multichannel linear prediction (MCLP).An extension to the 

LIME method, which results in dereverberation with noise 

reduction in a colored noise acoustic environment, was 

proposed in [13]. The required speech is retrieved by 

filtering the residual with an auto-regressive (AR) speech 

estimate. Yoshioka et al. [14] presented a single channel 

estimate maximize speech dereverberation and noise drop 

technique. The anechoic speech was designed to be an all-

pole system, whereas the reverberant speech was modeled 

as a process of auto regression. The reverberant speech is 

estimated in E-step while in M-step reverberation and 

speech parameters are estimated. A multichannel Wiener 

filter obtains dereverberation. O. Schwartz et al. [15] 

presented a multichannel minimum mean square error 

predictor for combined reduction of reverberation as well 

as noise. The estimator is a blend of minimum variance 

distortionless reaction beamformer and single-channel 

Wiener filter. The algorithm was verified for different 

source to microphone array distances and signals to noise 

ratios. S. Mosayyebpour et al. [16] recommended a single 

channel two-stage dereverberation algorithm for removing 

noise and reverberation. The first step is the estimation of 

the blind inverse filter by increasing the skewness of the 

LP remainder of the applied signal. Two stage spectral 

subtraction technique was used to minimize additive noise 

and reverberation in the second stage. C. Zheng et al. [17] 

proposed speech dereverberation and noise reduction 

technique in the linear prediction residual domain. A 

constrained MMSE LP residual estimator is used for it. 

This is based on the fact that additive components in the 

residual domain are late reverberation or noise.  

In speech separation or improvement, deep neural 

networks (DNNs) commonly used in recent years [38]. 

Several studies [26], [27], [28], [29] reported significantly 

improved performance over traditional techniques of 

speech enrichment. In [30], Spectral mapping algorithm is 

presented by Han et al. to use a single DNN 

simultaneously to perform denoising and dereverberation.  

Their main principle is to learn to map the spectrum of 

noisy reverberant speech rather than fresh anechoic speech. 

In [31], Wu et al. presented reverberation-time-aware DNN 

based speech dereverberation. Depending on the 

reverberation time (T60), dereverberation quality is 

increased by choosing frame length and shift differently. 

RT60 is used in the DNN training and extraction of 

features as a control parameter. Reverberation time is 

projected in dereverberation stage to determine the proper 

frame length and shift for the feature extraction. In [32], 

Zhao et al. put forward a two-step DNN for denoising and 

dereverberation. Ratio masking is performed for denoising 

and then spectral mapping is done for dereverberation. In 

[33], Williamson and Wang proposed the use of DNN with 

supervised learning to dereverberate and denoise speech 

signal. For DNN based speech enhancement, they 

implemented a complex ideal ratio to mask utilizing 

anechoic speech as a required signal. In a single processing 

step, noise and reverberations are eliminated. In [34] Y. 

Zhao et al. proposed noisy and reverberant speech 

enhancement in which DNN is sequentially used to 

denoise and dereverberate. The clean phase is incorporated 

into the objective function to optimize the system 

permitted to realize a superior estimation of the magnitude 

of the spectrum. The suggested algorithm is investigated 

for various types of noise, SNR, RT60 and RIR.  

Although GRNN is used in a wide variety of applications 

like target tracking [35, 36], Speech recognition [37], it can 

also be applied in speech dereverberation and denoising. 

The GRNN based multichannel speech dereverberation 

and denoising algorithm is presented. The main 

contribution of this work is single stage GRNN is used for 

multichannel dereverberation along with denoising and 

investigated for different room acoustic conditions. 

The following is the structure of this paper. Noisy 

reverberant speech signal model is described at the 

begning of section 2. The proposed algorithm based on 

GRNN will then be introduced. The investigational 

arrangement is eleborated  in Section 3. The performance 

evaluation  results are summarized in Section 4. Section 5 

terminates the paper by conclusion. 

2. Algorithm Description 

2.1. Signal Model 

Considering a multichannel speech dereverberation system 

in enclosed environment, the signal received by nth 

microphone is given by  

𝑦𝑛(𝑘) = 𝑥𝑛(𝑘) + 𝑣𝑛(𝑘) 

𝑦𝑛(𝑘) = 𝑠(𝑘) ∗ ℎ𝑛(𝑘) + 𝑣𝑛(𝑘)      (1) 

Here, yn(k) represents signal received at the nth 

microphone, 𝑥𝑛(𝑘) is reverberant speech signal, ℎ𝑛(𝑘) 
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represents nth channel impulse response, 𝑠(𝑘) is the 

anechoic speech signal, 𝑣𝑛(𝑘) denotes  noise signal 

collected up by the nth mike and ∗ denotes linear 

convolution. Speech dereverberation aims to propose a 

technique including input 𝑦𝑛(𝑘) and output �̂�(k), that is an 

estimate of 𝑠(𝑘). A mathematical model shows that 𝑣𝑛(𝑘) 

does not have any correlation with received reverberant 

signal 𝑥𝑛(𝑘) and 𝑠(𝑘) which is desired signal. So it is 

required to eliminate reverberations as well as noise from 

received reverberant and noisy signal to retrieve the clean 

speech. 

 

Fig.1. a) Speech dereverberation and denoising system 

using  general regression neural network. 

 

Fig.1 b) General  regression neural network. 

2.2. General Regression Neural Network for Speech 

Dereverberation and Denoising 

Figure 1 shows the proposed system of speech 

dereverberation and denoising founded on a general 

regression neural network. The technique comprises of two 

parts: a preprocessing phase and a dereverberation and 

denoising phase. In the preprocessing stage, when a 

microphone array receives reverberant and noisy signal, 

the incoming signal is divided into frames by using 

windowing technique. After framing, features like 

periodogram, band power, pitch, energy etc. are extracted 

from each frame. These obtained features form the input 

feature vectors to the neural network used for 

dereverberation and denoising. Entire extracted aspects are 

concatenated and used for GRNN training. GRNN is 

trained with reverberant and noisy signal by using 30 

samples from IEEE database. Trained model is used for 

testing purpose which is directly test on degraded signal 

with various SNRs, RT60 and noise. GRNN model have 

two hidden layer with size 30 and 1 respectively. The 

standardized radial basis function is utilized for training 

purpose. The GRNN is a Neural Network based on 

probability. This is normally used in many applications 

where accurate modelling is prime importance. [23], [24]. 

The main feature of this is to solve many types of 

regression challenges with a very minimal training time. 

The GRNN is implemented using four layers. The input is 

applied to the input layer of the GRNN, the patterns are 

extracted io the second layer, pattern layer. The summation 

is third layer and finally output layer.  

 For the given N inputs, the GRNN predicts the amount of 

M in a smaller amount of time identified by the 

propagation time. The value of M is supposed to be the 

approximate �̂�(𝐤) of the required signal 𝐬(𝐤). However N 

denotes values of the input feature vectors from input 

nodes, as shown in Fig.1b. GRNN approximates the 

projected M (N) (i.e.�̂�(𝐤)) like : 

𝑀(𝑁) =
∑ 𝑀𝑖 exp (

−𝐷𝑖
2

2𝜎2 )𝑛
𝑖=1

∑ exp (
−𝐷𝑖

2

2𝜎2 )𝑛
𝑖=1

          (2) 

𝐷𝑖
2 = (𝑁 − 𝑁𝑖)

𝑇 . (𝑁 − 𝑁𝑖) 

The σ is the smooth out factor for GRNN, and n is the 

amount of input data tests. The larger the value of σ make 

better the ability of the network to simplify, whereas 

smaller the  value of σ decreases the capability of the 

network to oversimplify. The M (N), is the estimate  which 

is a ratio of the summation of all the alleged values Mi, 

wherever individually observed value is assessed to its 

exponential rate by its Euclidean distance from N. The 

'newgrnn' function utilized to construct the GRNN in the 

MATLAB setting [25]. In this research work GRNN inputs 

are the drawn features from a reverberant signal frame that 

establish the input features of the vectors 𝑥1 to 𝑥296.  The 

output of GRNN signifies the approximate speech signal 

�̂�(𝑘) as shown in Fig .1b. 

3. Performance Evaluation 

3.1 Datasets and Experimental Setup 

The implemented technique is evaluated with IEEE 

database(male and female speaker)[18]. Room with size 
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10m x 7m x 3m is simulated to generate RIRs. The 4 

microphone array is used, and the distances between two 

microphones is 3 cm. The RIR is generated by keeping 

source and receiver microphones position fixed with the 

distance between them is 2m. In this experimentation, 

three incremental values of RT60 are examined, from 0.3 

seconds to 0.9 seconds with an increment of 0.3 seconds. 

The RIR is generated by an image method [19]. For the 

training dataset, we used 30 reverberant sentences, RIR is 

generated with RT60 = 0.6s, signal to noise ratio is 0dB, 

and noise used is babble noise. We use 30 reverberant 

sentences for testing. The experimenstation utilized noise 

such as Babble and speech-shaped noise. For training and 

test data set, reverberant and noisy signals are produced by 

combining noise of required SNR with reverberant signal. 

In this paper noise of -5 dB, 0 dB, and 5 dB SNR is used. 

The signals are sampled at 8 kHz in this experiment. The 

incoming speech is divided into frames by a 23 ms 

hamming window with a 50 percent overlap between 

neighboring frames. We're using a 1024-point fast Fourier 

Transform (FFT) analysis. Time domain signal is 

resynthesized through the overlap add (OLA) method. The 

number of repetitions identified as 1000. 

3.2. Evaluation Metrics 

We examine the quality of speech in the experiments by 

using perceptual assessment of speech superiority (PESQ) 

[20]. PESQ range is -0.5 to 4.5. Speech intelligibility is 

evaluated by the use of short time objective intelligibility 

(STOI)[21]. Range of STOI is usually between 0 and 1. 

For PESQ and STOI, higher the scores better is the 

performance. Since we aim to eliminate room 

reverberation and background noise, clean-anechoic 

speech is utilized as a base signal for the estimation of 

objective metrics. 

4. Evaluation Results 

Table 1 - SSN Noise 

P

E

S

Q 

RT60

(S) 

0.3 0.6 0.9 

SNR(

dB) 

-5 0 5 -5 0 5 -5 0 5 

Unpro

cesse

d 

1.

22 

1.

57 

1.

8

9 

1.

20 

1.

50 

1.

77 

1.

25 

1.

45 

1.

67 

Two 

stage 

+ 

TDR[

32] 

2.

22 

2.

56 

2.

7

6 

2.

12 

2.

44 

2.

61 

1.

96 

2.

24 

2.

41 

GRN

N 

3.

80 

3.

97 

3.

9

9 

3.

81 

3.

93 

3.

97 

3.

47 

3.

90 

3.

97 

 

S

T

O

I 

(

%

) 

Unpro

cesse

d 

32

.0

0 

40

.0

0 

5

0.

0

0 

28

.0

0 

37

.0

0 

44

.0

0 

24

.0

0 

31

.0

0 

37

.0

0 

Two 

stage 

+ 

TDR[

32] 

82

.9

0 

87

.6

0 

9

0.

0

0 

80

.8

0 

86

.3

0 

88

.9

0 

77

.9

0 

83

.5

0 

85

.9

0 

GRN

N 

88

.0

0 

90

.0

0 

9

3.

0

87

.1

9 

90

.0

0 

92

.3

0 

84

.3

2 

89

.5

0 

91

.0

0 

0 

Table 2 –Babble Noise 

P

E

S

Q 

RT60

(S) 

0.3 0.6 0.9 

SNR(

dB) 

-5 0 5 -5 0 5 -5 0 5 

Unpr

ocess

ed 

1.

28 

1.

5

1 

1.

77 

1.

2

7 

1.

46 

1.

68 

1.

24 

1.

43 

1.6

5 

Two 

stage 

+ 

TDR[

32] 

2.

27 

2.

5

7 

2.

76 

2.

1

4 

2.

43 

2.

61 

1.

95 

2.

22 

2.4

0 

GRN

N 

3.

85 

3.

9

7 

3.

99 

3.

8

3 

3.

93 

3.

98 

3.

48 

3.

91 

3.9

8 

 

S

T

O

I 

(

%

) 

Unpr

ocess

ed 

20

.0 

3

0.

0 

40

.0 

2

0.

0 

30

.0 

40

.0 

10

.0 

20

.0 

30.

0 

Two 

stage 

+ 

TDR[

32] 

83

.6

0 

8

7.

6

0 

90

.0

0 

8

1.

6

0 

86

.3

0 

88

.9

0 

78

.3

0 

83

.1

0 

85.

80 

GRN

N 88

.1

5 

9

0.

7

4 

93

.4

8 

8

7.

9

9 

90

.0

9 

92

.3

5 

84

.3

8 

89

.5

8 

91.

03 
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(a) 

 

(b) 

 

(c) 

Table 1 summarizes the PESQ and STOI values for 

unprocessed and processed signals using GRNN with SSN 

noise under various reverberant and noisy environments. 

Table 2 shows the PESQ and STOI values of unprocessed 

and processed signals using GRNN with babble noise 

under various reverberant and noisy environments. The 

highlighted figures in table 1 and 2 shows the best result 

obtaind with SSN as well as babble noise respectively in 

terms of PESQ and STOI. Fig.3 provides an example of 

how the sentence " We find joy in the simplest things " is 

nhanced.   

Fig. 3(a) provides a reverberant and noisy speech 

spectrogram of SSN noise at SNR = 5 dB and RT60 of 0.3 

seconds. Figures 3 (b) and 3 (c) illustrate the spectrograms 

of anechoic speech and enhanced speech of presented 

GRNN based algorithm correspondingly. When the 

spectrograms of reverberant and noisy speech are 

compared with improved speech, it can be seen that the 

additive noise and smearing effects are effectively 

eliminated and the spectrotemporal patterns have been 

significantly recovered. This demonstrated the presented 

system can efficiently upgrade the quality of reverberant 

and noisy speech.  
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5. Conclusion 

This paper presents GRNN based algorithm of speech 

dereverberation in reverberant as well as noisy 

environment.GRNN being a one pass learning algorithm, 

has the competence to get trained instantly using minimum 

samples. It is utilized to perform denoising and 

dereverberation of the reverberant and noisy signal. In 

order to study the impact of noise variations , noise SNR is 

varied within the range of -5dB to 5dB for each SSN and 

babble noise. Systematic evaluations using speech quality 

and objective speech intelligibility metrics show that our 

projected method improves quality of speech and lucidity 

of speech in a considerable variety of noisy and 

reverberant surroundings with fewer training samples 

compared to DNN based approach[32]. The results of the 

simulation show that the GRNN-based technique performs 

better than all others when considering denoising and 

dereverberation. The result of simulation demonstrates the 

capability of the GRNN architecture for denoising and 

dereverberation problems in the speech processing area. 

There are several opportunities for further research, such as 

the random position of the source in a closed room, 

variations in distance between source to receiver, testing of 

the algorithm in various noisy and reverberant conditions 

including more types of noise and online speech 

dereverberation and denoising using this algorithm. The 

future work would concentrate more on verifying this 

algorithm for random positions of the source in a closed 

room in various noisy and reverberant environments, 

which will include a wide variety of noise signals. 

Author contributions 

Seema Arote: Conceptualization, Methodology, Software, 

Field study Vijay Mane: Data curation, Writing-Original 

draft preparation, Software, Validation, Field study Shakil 

Shaik: Visualization, Investigation, Writing-Reviewing 

and Editing. 

Conflicts of interest 

The authors declare no conflicts of interest. 

References 

[1] E. L. J. George, S. T. Goverts, J. M. Festen, and T. 

Houtgast, “Measuring the Effects of Reverberation 

and Noise on Sentence Intelligibility for Hearing-

Impaired Listeners,” J. Speech, Lang. Hear. Res., 

2010. 

[2] P.A. Naylor and N.D. Gaubitch, Ed., Speech 

dereverberation. London: Springer, 2010. 

[3] J. Benesty, M. M. Sondhi, and Y. A. Huang, Springer 

Handbook of Speech Processing. New York: Springer-

Verlag, 2008. 

[4] B. D. Van Veen and K. M. Buckley, “Beamforming: 

A versatile approach to spatial filtering,” IEEE 

Acoust., Speech, Signal Process. Mag., vol. 5, no. 2, 

pp. 4–24, Apr. 1988. 

[5] J. Allen, D. Berkley, and J. Blauert, "Multi 

microphone signal processing technique to remove 

room reverberation from speech signals," The Journal 

of the Acoustical Society of America, vol. 62, pp. 912-

915, 1977. 

[6] K. Lebart, J.M. Boucher, and P.N Denbigh, “A new 

method based on spectral subtraction for speech 

dereverberation,” Acta Acoustica, vol. 87, no. 3, pp. 

359–366, 2001. 

[7] M. Wu and D. Wang, “A two-stage algorithm for one 

microphone reverberant speech enhancement,” IEEE 

Trans. Speech Audio Process., vol. 14, no. 3, pp. 774–

784, May 2006. 

[8] B. Schwartz, S. Gannot, and E. A. P. Habets, “Online 

speech dereverberation using Kalman filter and EM 

algorithm,” IEEE/ACM Trans. on Audio, Speech, and 

Lang. Process., vol. 23, no. 2, pp. 394–406, Feb 2015. 

[9] K. Furuya and A. Kataoka, “Robust speech 

dereverberation using multichannel blind 

deconvolution with spectral subtraction,” IEEE Trans. 

on audio, speech, and lang. process., vol. 15, no. 5, pp. 

1579–1591, 2007. 

[10] Tomohiro Nakatani, Keisuke Kinoshita, and Masato 

Miyoshi, “Harmonicity-based blind dereverberation 

for single-channel speech signals”, IEEE Trans. 

Audio, Speech, Lang. Process., vol. 15, no.1, pp. 80-

95, Jan. 2007. 

[11] Ina Kodrasi, Stefan Goetze and Simon Doclo, 

“Regularization for partial multichannel equalization 

for speech dereverberation,” IEEE Trans. Audio, 

Speech, Lang. Process., vol. 21, no. 9, pp. 1879-1890, 

Sept. 2013. 

[12] M. Delcroix, T. Hikichi, and M. Miyoshi, “Precise 

dereverberation using multichannel linear prediction,” 

IEEE Trans. Audio, Speech, Lang. Process., vol. 15, 

no. 2, pp. 430–440, 2007. 

[13] M. Delcroix, T. Hikichi, and M. Miyoshi, 

“Dereverberation and denoising using multichannel 

linear prediction,” IEEE Trans. on audio, speech, and 

lang. Process. vol. 15, no. 6, August 2007. 

[14] T. Yoshioka, T. Nakatani, and M. Miyoshi, 

“Integrated speech enhancement method using noise 

suppression and dereverberation,” IEEE Trans. Audio, 

Speech, Lang. Process., vol. 17, no. 2, pp. 231–246, 

2009. 



International Journal of Intelligent Systems and Applications in Engineering IJISAE, 2023, 11(4), 46–53 |  52 

[15] Ofer Schwartz, Sharon Gannot and E. A. P. Habets, 

“Multi-microphone speech dereverberation and noise 

reduction using relative early transfer functions,” 

IEEE Trans. Audio, Speech, Lang. Process., vol. 23, 

no. 2, pp. 240-251, Feb. 2015. 

[16] Saeed Mosayyebpour, Morteza Esmaeili and T. Aaron 

Gulliver, “Single microphone early and late 

reverberation suppression in noisy speech,” IEEE 

Trans. on Audio, Speech, and Lang. Process., vol. 21, 

no. 2, pp.322-335, July 2013. 

[17] Chengshi Zheng,  Renhua Peng, Jian Li, and 

Xiaodong Li, “A constrained MMSE LP residual 

estimator for speech dereverberation in noisy 

environments,” in IEEE Signal Process. Letters, vol. 

21, no. 12, pp. 1462-1466, 2014. 

[18] E. H. Rothauser, W. D. Chapman, N. Guttman, K. S. 

Nordby, H. R.Silbiger, G. E. Urbanek, and M. 

Weinstock, “IEEE recommended practice for speech 

quality measurements,” IEEE Transactions on Audio 

Electroacoust, vol. 17, pp. 225-246, 1969. 

[19] J. B. Allen and D. A. Berkley, “Image method for 

efficiently simulating small-room acoustics,” Journal 

of the Acoustical Society of America, vol. 65, pp. 943-

950, 1979. 

[20] “ITU-T Perceptual evaluation of speech quality 

(PESQ), an objective method for end-to-end speech 

quality assessment of narrowband telephone networks 

and speech codecs.” Int. Telecomm. Union (ITU-T) 

Rec., pp. 862, 2001. 

[21] C. H. Taal, R. C. Hendriks, R. Heusdens, and J. 

Jensen, "An algorithm for intelligibility prediction of 

time-frequency weighted noisy speech," IEEE 

Transactions on Audio, Speech, and Language 

Processing, vol. 19, pp. 2125-2136, 2011. 

[22] Y. Zhao, Z.-Q. Wang, and D. L. Wang, “A two-stage 

algorithm for noisy and reverberant speech 

enhancement,” in IEEE International Conference on 

Acoustics, Speech and Signal Processing (ICASSP), 

2017, pp. 5580-5584. 

[23] Donald F. Specht, “Probabilistic Neural Networks”, 

Neural Networks, Vol. 3. pp. 109 118, 1990. 

[24] Donald F. Specht, “A general regression neural 

network”, IEEE Trans Neural Networks, 1991; 

2(6):568–576. 

[25] The MathWorks, Inc. Design generalized regression 

neural network, help section, 

http://www.mathworks.com/help/nnet/ref/newgrnn.ht

ml. 

[26] Y. Xu, J. Du, L.-R. Dai and C.-H. Lee, "An 

experimental study on speech enhancement based on 

deep neural networks,” IEEE Signal processing letters, 

vol. 21, pp. 65–68, 2014. 

[27] Y. Wang and D. L. Wang, “Towards scaling up 

classification-based speech separation,” IEEE 

Transactions on Audio, Speech, and Language 

Processing, vol. 21, pp. 1381–1390, 2013. 

[28] F. Weninger, J. R. Hershey, J. Le Roux, and B. 

Schuller, “Discriminatively trained recurrent neural 

networks for single-channel speech separation,” in 

IEEE Global Conference on Signal and Information 

Processing (GlobalSIP), 2014, pp. 577–581. 

[29] P.-S. Huang, M. Kim, M. Hasegawa-Johnson, and P. 

Smaragdis, “Joint optimization of masks and deep 

recurrent neural networks for monaural source 

separation,” IEEE/ACM Transactions on Audio, 

Speech, and Language Processing, vol. 23, pp. 2136–

2147, 2015. 

[30] K. Han, Y. Wang, D. L. Wang, W. S. Woods, I. 

Merks, and T. Zhang, “Learning spectral mapping for 

speech dereverberation and denoising,” IEEE/ACM 

Transactions on Audio, Speech, and Language 

Processing, vol. 23, pp. 982–992, 2015. 

[31] B. Wu, K. Li, M. Yang, and C.-H. Lee, "A 

reverberation-time-aware approach to speech 

dereverberation based on deep neural networks," 

IEEE/ACM Trans. Audio Speech Lang. Proc., vol. 25, 

pp. 102-111, 2017. 

[32] Y. Zhao, Z.-Q. Wang, and D.L. Wang, "A two-stage 

algorithm for noisy and reverberant speech 

enhancement," in Proceedings of ICASSP, pp. 5580-

5584, 2017. 

[33] D. S. Williamson and D. L. Wang, “Time-frequency 

masking in the complex domain for speech 

dereverberation and denoising,” IEEE/ACM 

Transactions on Audio, Speech, and Language 

Processing, vol. 25, pp. 1492–1501, 2017. 

[34] Y. Zhao, Z.-Q. Wang, and D. L. Wang, “A two-stage 

deep learning for noisy and reverberant speech 

enhancement,” IEEE/ACM Transactions on Audio, 

Speech, and Language Processing, vol. 27, pp.  , 2018. 

[35] S. R. Jondhale and R. S. Deshpande, “GRNN and KF 

framework based real time target tracking using PSOC 

BLE and smartphone," ELSEVIER Ad Hoc Networks, 

vol.84, pp.19-28,2019. 

[36] S. R. Jondhale and R. S. Deshpande, “Kalman 

Filtering Framework-Based Real Time Target 

Tracking in Wireless Sensor Networks Using 

Generalized Regression Neural Networks,” IEEE 

Sensors Journal, vol. 19, no.1, pp. 224 – 233, 2019. 



International Journal of Intelligent Systems and Applications in Engineering IJISAE, 2023, 11(4), 46–53 |  53 

[37] A. Amrouche and J. M. Rouvaen, “Efficient System 

for Speech Recognition using General Regression 

Neural Network,” International Journal of Computer 

and Information Engineering Vol:2, No:4, pp.1206-

12012, 2008 

[38] D. L. Wang and J. Chen, “Supervised speech 

separation based on deep learning: An overview,” 

IEEE/ACM Transactions on Audio, Speech, and 

Language Processing, in press, 2018. 

[39] J, V. ., Rajalakshmi, R. ., Gracewell, J. J. ., Suganthi, 

S., Kuppuchamy, R. ., & Ganesh, S. S. . (2023). Deep 

Featured Adaptive Dense Net Convolutional Neural 

Network Based Cardiac Risk Prediction in Big Data 

Healthcare Environment. International Journal on 

Recent and Innovation Trends in Computing and 

Communication, 11(2s), 219–229. 

https://doi.org/10.17762/ijritcc.v11i2s.6065 

[40] Taylor, D., Roberts, R., Rodriguez, A., González, M., 

& Pérez, L. Efficient Course Scheduling in 

Engineering Education using Machine Learning. 

Kuwait Journal of Machine Learning, 1(2). Retrieved 

from 

http://kuwaitjournals.com/index.php/kjml/article/view/

121 

[41] Umbarkar, A. M., Sherie, N. P., Agrawal, S. A., 

Kharche, P. P., & Dhabliya, D. (2021). Robust design 

of optimal location analysis for piezoelectric sensor in 

a cantilever beam. Materials Today: Proceedings, 

doi:10.1016/j.matpr.2020.12.1058 Vadivu, N. S., 

Gupta, G., Naveed, Q. N., Rasheed, T., 

 


