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요약

Ubiquitous Environmental Noise Removal Method on Smart Devices for 

High-Quality Internet Telephony Service 

ABSTRACT

This paper presents noisy signal removal method on smart devices for internet telephony service at the ubiquitous environment. In 

order to reduce the environmental noise signal without speech distortion efficiently in a pervasive home environment, we provide a 

new Wiener filtering based reduction technique with pre-processing on various smart devices at a pervasive home. For various noisy 

conditions like White Gaussian, fan, air-conditioner, babble, shower-bath noises, etc., at home, the perceptual evaluation of speech 

quality (PESQ) evaluation is performed to evaluate the performance of the proposed method. 
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Noise type SNR(dB) None EVRC ETSI Proposed

White 
Gaussian 

noise

0 1.44 1.40 1.78 1.86

5 1.70 1.90 2.20 2.27

10 2.03 2.36 2.55 2.58

15 2.34 2.70 2.85 2.84

20 2.64 2.95 3.07 3.09

Fan noise

0 1.54 1.68 1.72 1.77

5 1.91 2.07 2.12 2.14

10 2.28 2.46 2.51 2.51

15 2.58 2.77 2.82 2.83

20 2.87 3.05 3.09 3.11

Babble 
noise

0 1.59 1.72 1.79 1.76

5 1.91 2.11 2.19 2.14

10 2.27 2.48 2.52 2.46

15 2.55 2.77 2.79 2.79

20 2.84 3.04 3.07 3.06

β

α
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