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a b s t r a c t 

Mobile devices always demand low computational complexity because computing re- 

sources, such as processor and battery, in mobile are always limited. The bandwidth exten- 

sion (BWE) algorithm in mobile audio codec standard of China was proposed to improve 

audio quality in mobile communication. But the computational complexity of the algo- 

rithm is too high to implement in mobile devices. By analyzing the BWE algorithm, we 

discover that the main reason of high computational complexity is the frequently usage of 

time-frequency transformation. Then a low computational complexity scheme is proposed, 

which include algorithm optimization and code optimization. The experiment results show 

that computation time consumption ratio of BWE module in encoder and decoder are de- 

creased by 4.5 and 14.3 percentage points respectively, without reducing the overall audio 

codec subjective quality, which is be conductive to the algorithm implement in mobile 

audio field. 

© 2017 Elsevier Ltd. All rights reserved. 

1. Introduction 

Traditional mobile audio coding methods in a mobile environment can not compress full band audio signal, due to the 

limited bandwidth resource and limited computing resources in mobile devices [1] . Since the semantic information of the 

audio signal is mainly concentrated in the low frequency portion, and therefore the traditional mobile audio encoder only 

encode the low-frequency audio portion of the signal, and high-frequency part is discarded. But the high-frequency signal 

helps improve intelligibility, naturalness of speech, enhance audio timbre, and also contains a wealth of spatial location 

information [2] . Therefore, in recent years, researchers have introduced a high-frequency bandwidth extension (BWE in 

mobile audio coding algorithm) technology to solve the problem of high-frequency signal lost [3] . 

Bandwidth extension technique can be divided into two categories: “blinded” bandwidth extension and “non-blind”

bandwidth extension. Based on human auditory characteristics, the human ear is more sensitive to low-frequency signal 

than the high-frequency signal in the audible range, and the main information in a speech signal is contained in low fre- 

quency signals below 40 0 0 Hz. Therefore, the sampling rates of early speech encoders are not more than 80 0 0 Hz, in which 

narrowband speech signal are obtained. However, due to the high-frequency portion of the speech more than 40 0 0 Hz play 

an important role for recognize unvoiced speech such as /f/ and /s/, and speech without high-frequency signal will sound 

bright enough. Therefore, a higher sampling rate to get broadband speech signal can significantly improve the intelligibility 
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and naturalness of the speech. For compatible with existing narrowband speech signal, high-frequency bandwidth extension 

is applied to a narrowband speech signal to expand the narrowband signal to wideband speech signal. The methods predict 

high-frequency signal characteristics by low-frequency signal characteristics to rebuild the lost high-frequency signals, based 

on the statistical correlation between high-frequency and low-frequency signals. These methods, which do not require any 

side information from encoder, are called “blinded” the bandwidth extension methods [4] . 

Early codecs for audio signal, such as music, encoded the whole band signal, including low and high frequency signal. 

The encoding rate of whole band codec is too high for real time network communication. In order to reduce the coding 

rate of the audio signal, the introduction of bandwidth extension technique to reconstruct the high frequency portion of 

the audio signal can achieve low bit rate audio coding algorithm. However, since the statistical characteristics between the 

high frequency and low frequency of audio signal are not same as the speech signal, and high-frequency audio signals more 

complex, so blinded speech bandwidth extension algorithms can not be applied to all types of audio signals. So the audio 

bandwidth extension algorithm needs increase side information on a small number of high-frequency parameters in addition 

to the core coder, applying parameters coding method to reconstruct the high frequency portion of the audio signal. These 

methods are called “non-blinded” bandwidth extension methods [5] . 

In the research of mobile audio bandwidth extension algorithms, researchers have proposed a variety of algorithms. In 

2002, in order to enhance the high frequency band audio signal parameters encoding quality, Liljeryd etc. proposed a Spec- 

tral Bandwidth Replication method (SBR) [6] . The low-frequency signal and high frequency signal are divided equal number 

of sub band signals and duplicate the low frequency sub-band, which has a higher signal correlation between high band and 

low band. And then the high-frequency characteristic parameter can be used to adjust the high frequency sub-band signals 

to synthesized high frequency signal. The method can reconstruct the high frequency portion of the audio signal, which has 

been accepted by MPEG (Moving Picture Experts Group) international audio standard. The shortage of the SBR method is 

that its decoding computational complexity is comparable with the AAC (Advanced Audio Coding) narrowband core decoder 

[7,8] . In 2004, 3GPP standard organization introduced audio codec standard AMR-WB + . The bandwidth extension method 

in AMR-WB + use linear prediction factors and time domain energy parameters to reconstruct high frequency signal [9] , the 

rate as low as 0.8 kbps. In 2007 Bernd proposed a two stages, time domain and frequency domain, smoothing method as 

Time Domain Band-Width Extension method (TDBWE). Bernd believes that time domain and frequency domain energy play 

important roles for quality of bandwidth extension. When encoding, parameters of sub-frame energy in time domain and 

sub-band energy in frequency domain are computed. When decoding, the sub-frame energy and sub-band energy parame- 

ters and low frequency residual signal are used to reconstruct high-band signal. This simple, flexible bandwidth extension 

method has been adopted by G.729.1 audio standards [10] . However, due to not fully considered the correlation between 

low and high frequency, the bit rate of TDBWE is as high as 2 kbps, much higher than the AMR-WB + . 

AVS P10 is a mobile audio codec standard developed independently by China. The algorithm used in a low-bit-rate band- 

width extension algorithm, by extracting high frequency linear prediction coefficient and sub-band energy factors for pa- 

rameter coding and reconstruction of the high frequency signal [11] . The encoding quality of AVS P10 is comparable with 

AMR-WB + with same bit rate 0.8 kbps, which can meet the requirements of the mobile communication audio codec for 

mobile network bandwidth [12] . But the computational complexity of the algorithm is higher, which demand higher mobile 

device computing resources. In the limited computing power of mobile device cases, it is difficult to meet the needs of 

real-time codec [13] . 

To resolve the high computing complexity problem of AVS P10 bandwidth extension algorithm, we proposed a new low 

complexity method of high-frequency bandwidth extension, to reduce the complexity of encoding and decoding algorithms 

without compromising the quality of the high-frequency signal coding. The codec with the proposed new BWE method will 

meet the real-time requirements of mobile communication better. 

This article describes the following four parts. The first part introduces the AVS P10 standard audio codec bandwidth 

extension algorithms, and analyzes the reasons of high computational complexity; the second part proposes the bandwidth 

extension algorithm complexity optimization method based on the analysis presented in the first part; the third part gives 

the performance testing result of optimized algorithm; and the final part is the conclusions. 

2. Analysis of AVS P10 bandwidth extension algorithm computational complexity 

We tested the computational complexity of AVS P10 encoder and decoder algorithms. According to test results, the com- 

putation time consumption of high frequency bandwidth extension algorithm accounted for 13.3% of the entire coding al- 

gorithm in encoder, and 36.8% in decoder. Thus, AVS P10 high frequency bandwidth extension algorithm although only 

increases a few bit rates, but increases much higher computational complexity. We will further analyze the reasons in fol- 

lowing sections. 

AVS P10 high-frequency bandwidth extension principle is to use the high frequency signal envelope information and gain 

information to adjust the low band excitation signal so as to generate a reconstructed high frequency signal. In encoder, 

side information, including spectral envelope and gain information of high frequency signals, were extracted in frequency 

domain. In decoder, high frequency spectral envelope information were used to adjust the low frequency excitation signals to 

rebuild the high frequency base signals, which were adjusted by gain factors to get high frequency signals in the frequency 

domain. At last, frequency domain reconstructed high frequency signals were converted to time domain to obtain time 

domain high-frequency signals. Encoding and decoding diagram are shown in Figs. 1 and 2 respectively. 
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