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Abstract - The Narrow Band (NB) allows bandwidth of 300-3400Hz which is used in transmission of telephone system 
humiliates both the quality and clarity of speech. The absence of extension band spectral components causes narrow band 
speech signal wrapped and thin voiced. This is the main disadvantage of NB transmission. To improve the intelligibility of 
speech disgraced by narrow bandwidth, Researchers have tried to standardize the telephonic networks by introducing wide 
band (WB) of 50-7000Hz. The frequency range 50-7000Hz, and thus close up to so-called High Definition (HD) Voice calls. 
HD voice stands for coded wide band (WB) Speech this improves the speech quality and an improved user experience over 
conventional narrow band. WB speech (HD voice) transmission needs the transmission network and terminal devices at 
transmitter and receiver ends to be upgraded to the WB that turnout to be time taking process. For this Reason BWE 
techniques have been developed to overcome limitations of NB speech. This paper discusses various BWE techniques used 
for HD voice transmission with in Extension Band, application; challenges and limitations are also discussed. 
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I. INTRODUCTION 
 
In present generation, the mobile communication 
system using the narrow band frequency from 300Hz 
to 3400Hz. In case if we need digital standards in the 
audio bandwidth interaction between the analogy and 
digital domain is required. In order to deliver the high 
definition (HD) voice in telecommunication system 
the wide band transmission is introduced within the 
range of 50Hz to 7000Hz. These bands transmission 
techniques used to measure the interaction between 
the narrow band and wide band transmission [1]. This 
co-existence gives the two main provocations. 

 The efficient transcoding between 
narrowband and wide band signals. 

 At wideband terminals the narrow band 
speech quality is improved due to band 
width extension. 

The extension bands are estimated from the narrow 
band speech (50Hz to 300Hz and 3400Hz to 7000Hz) 
[1]. This method is named as Artificial Bandwidth 
Extension (ABWE). Temporal and wide band 
spectral envelopes are estimated by using source filter 
model. The envelopes are estimated by using 
approximated methods those are Code book 
mapping[2], linear mapping[3], Gaussian Mixture 
Models (GMMs) [4] and Hidden Markov models 
(HMMs) [5]. The ABWE algorithms are used to 
extend the source signal. By using this technique HD 
voice quality obtained, the source signal extension is 
less important than estimate the spectral envelope in 
ABWE to reconstruct HD voice. However ABWE 
techniques suffer from inherently limited 
performance which is no sufficient for reconstruction 
of HD voice. A much better quality HD voice is 
obtained by transmitting some additional information 
regarding extension band. This method is named as 
band width extension with secondary information. In 
case of the transcoding the secondary information is 

included or discarded [6]. The narrow band speech is 
retrieve from the low audio frequencies (50-
300Hz).The HD voice quality signal is not extracted 
from source extension methods. At low frequencies 
the signal quality is less due to the random noise. It 
causes the glitches in the signal, so the signal is 
incorrectly shaped. Because of this reason the HD 
voice quality is less. So, bandwidth extension of 
voice signal is impaired. 
 
II. REALIZATION OF ARTIFICIAL 
BANDWIDTH EXTENSION 
 
At the receiving terminals missing low and high 
frequency components are estimated from narrow 
band signal in order to obtain HD voice. It is termed 
as Artificial Band Width Extension (ABWE). Band 
width extension (BWE) can be proposed by two 
different methods [7], [8]. 

 Independent BWE 
 BWE with secondary (side)information  

Independent BWE again classified into another two 
types. 

 Speech exhibiting model with BWE 
 Speech exhibiting model without BWE. 

The source filter model is used in ABWE system. It 
describes the production of speech. Each narrow band 
signal frame consisting of source part and filter part, 
those parts are expanded separately. In case of the 
speech synthesis and analysis the source filter model 
is used. The source part describe the excitation of the 
signal. The filter part describe the filter which are 
driven by this excitation. In this method the source 
signal passing through an autoregressive filter. 
 

 
Fig. 1.  Source-filter model of speech production 
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From the above figure 1. In order to generate the 
speech signal the excitation signal is passing through 
a vocal track filter. By estimating seb (extension of 
excitation) andaeb(spectral envelope) from the NB 
signal xnb., we can extract back the missing 
components in the extension band (EB). 
 
Figure 2. shown the block diagram of BWE. It is seen 
that BWE is supported with traditional phone 
terminals so they access the basic voice service. For 
better HD quality voice BWE technique is added at 
the receiver. Here BWE lies in that an accurate 
estimation of spectral envelope generally involves a 
complicated speaker-specification training of 
statistical models. It is very complex process and cost 
effective which is not used in real time processing. 
 

 
Fig. 2.  ABWE at receiving terminal 

 
Various algorithms have been implemented for the 
ABWE during last decades. The speech bandwidth 
extension technology have been studied in order to 
restoring its missing high-frequency and low 
frequency component. By using Speech Process 
Model with BWE, the bandwidth extension can be 
separated into two methods. 
 Wide band spectral envelope estimation. 
 Extension of excitation signal. 

 
Wide band spectral envelope estimation more 
methods are discussed and compared like codebook 
mapping , linear mapping, Adaptive code book 
mapping, and some more complicated statistical 
approaches using Gaussian Mixture Models (GMM), 
hidden Markov Models (HMM) and Neural Network 
Based Methods. 
 
A. Codebook Mapping 
The expanded spectral envelop can be produced by 
using code book mapping [9]. By using band-limited 
joint feature vectors and full band speech to obtained 
the missing spectral envelope in higher bands.  The 
wide band signal is produced from linear prediction 
model of speech which is produced from line spectral 
frequency parameters. For good results, the spectral 
envelop estimates are combined with the extended 
excitation but it also suffers cost and delay. The mean 
values and clustering features are obtained from 

codebook. The estimate is extracted by quantizing the 
narrowband feature vector. 
B. Linear mapping 
Alternate method is linear mapping or piecewise 
linear mapping to estimate the unknown quantity y 
which is obtained from future vector x using 
transformation method. 

y = AT· x 
A is the transformation matrix with dimension b × d, 
Where b = dim x and d = dim y By using this matrix 
no large memory is used. It is very easy to execute 
and complex free in further estimation rule. It is 
based on the future vector x and the unknown 
quantity and the unknown quantity y, using linear 
mapping techniques to produce outputs in an 
instability of the LP synthesis filter in the BWE 
system. 
C. Gaussian mixture models(GMM) 
In GMM model the data continuously allowing soft 
clustering.The hard clustering discrete mapping used 
in code book mapping method.  To get maximum 
accuracy BWE is included in GMM with minimum 
mean square error (MMSE). The quantization of the 
data can be avoided by the probability density 
function [10]. The narrow band feature vector 
provides valuable output the loss of extension band. It 
achieves better outputs compared to codebook 
outputs [11]. 
D. Hidden Markova models(HMM) 
How a speech sequence evolves over time is modeled 
by HMM. It uses past frames to estimate the 
extension band. HMM is very useful method 
compared to the above three methods. The time 
varying process can be explained by the properties of 
HMM. The advantage of HMM for envelope 
prediction is to exploit the information from the 
preceding signal frames which improves the quality 
of estimation. Every step of HMM is related to 
particular speech sound. The variation of HMM gives 
the envelope variation of speech. It produces better 
output with lower order comparing with GMM with 
higher order. In [12] along with HMM model, to 
generate the wideband coefficient cepstral estimate 
and probability Density functions (PDFs) observation 
by using Expectation Maximization (EM) trained 
Gaussian Mixture Models[13].  Form the wideband 
training data using the true state sequence we can 
estimate the state transition probabilities. For better 
estimation other techniques like Maximum 
Likelihood (ML), Maximum APosteriori (MAP) and 
MMSE amongst them MMSE is found most accurate. 
Other techniques with small changes in HMM like 
continuous density explained in [13]. The  main 
disadvantage of HMM techniques it needs 
considerable amount of data to proper estimate 
transition probabilities and state models. It acquires 
effective dataset like TIMIT (million frames) corpus 
for training data. If calculating state probability with 
these database complexity will increases. 
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E. Neural Network Methods 
The neural network methods used to calculate the 
Extension band spectral envelope[14]. The artificial 
neural network is based on the process of neural 
processing in the brain. The estimation task is 
produced by more number of neurons which are 
internally connected. the neurons are formed in a 
layered structured in that each neuron capturing in 
outputs from the past layer and gives output to the 
next layer. The recurrent network known as networks 
containing feedback loops to previous layers. It is 
used to set of training data and the back-propagation 
algorithm. The better cepstral distortion and log 
spectral distortion are obtained from neural network 
techniques while compared[15] with code book 
mapping methods but the complexity is more in code 
book methods. For regeneration of Extension band 
excitation signal Spectral folding and spectral 
duplication are introduced [16]. The two are 
containing the up-sampling of excitation signal with 
an integer number. Spectral folding contains 
mirroring of base band spectral components and 
spectral translation contains varying the spectrum 
without mirroring. The duplicated spectrum extends 
the harmonic structure properly[17]. The Pitch-
adaptive modulation methods are used in Spectral 
translation techniques but with these techniques 
complexity is increases. Sinusoidal transform coding 
[18] and nonlinear transformations[19] are next 
proposed methods. 
 
Many Bandwidth Extension methods are proposed 
without Speech process model. In Extrapolation 
method or Non-linear mapping high band signal from 
high pass filter is provided to shaping filter and 
summed to original telephone band-pass signal. 
Nonlinear processing based expansion method 
proposed by Yasukawa[20]. It is used to produce the 
expansion band spectral components. The cost and 
complexity is low in Nonlinear processing but the 
expansion quality is the main drawback in this 
method. Adaptive Spline Neural Network method 
contains a network using neurons containing an 
adaptive parametric [21] Spline activation function. 
The parametric inputs and computes the output by 
each neuron from spline activation function. This 
function produces a smooth curve, the shape can be 
determined by the construction of the neural network. 
To minimize errors learning algorithm is used. 
 
III. LIMITS OF ABWE 
 
The performance is less compared to that of original 
HD voice in ABWE systems [22]. For better outputs, 
systems trained for an individual speaker with a 
specific language. But, in both the methods, the 
quality of ABWE methods is not better than the 
original HD voice. An information theoretic measure 
on the correlation between the NB  and the EB 
supports this observation [23]. BWE computation of 

spectral envelope parameters is highly dependent on 
statistical model and its WB training database 
responsible for modelling and estimation. so, ABWE 
with secondary information technique can be used 
which embeds extension band spectrum parameters in 
NB speech and then transmitted. 
 
IV. BWE WITH SECONDARY INFERMATION 
 
The regeneration of efficient HD speech can be 
obtained by transmitting the wide band envelope 
information as secondary (side) information. This 
technique can be used to overcome the drawbacks of 
all the above specified methods.At the transmitter, 
secondary information of extended band signal 
parameters are used in order to maintaining the 
quality of reconstruction of a proposed system. To 
estimate the high band envelope these parameters are 
transmitted from transmitter to receiver. Hence, BWE 
with secondary information algorithm is produce high 
quality speech(HD voice) as compare with the 
ABWE algorithm. The existing narrowband 
networks, the secondary information as hidden in 
narrowband speech signal. The data hiding is 
proposed by using this method. This hidden 
secondary information signal is extracted and 
decoded at the receiver. This method gives high 
quality in wide band speech (HD speech). 
 

 
Fig. 3.BWE with secondary information at transmitter model  

 
The block diagram of BWE with secondary 
information at transmitter model is shown in figure 3. 
Here the wide band speech signal can be splitted into 
two components. 

1. Narrow band (NB). 
2. High band (Extension Band (EB)). 

 
This narrow band speech is first decimated by two. In 
order to encode the NB speech the decimated output 
is given to legacy NB encoder. To reduce the 
sideband information bit rate high band feature 
vectors are approximated. In narrow band encoder, by 
using sufficient data hiding method the coded bits are 
embedded within the narrow band speech signal. The 
robust data hiding scheme, which is not decreases the 
speech quality of NB speech. This scheme is used to 
embed the side information. At the transmitter the 
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excitation signal do not require encoding for 
minimizing the number of bits to be embedded. In 
narrow band speech signal to reduce the effective 
load of the hidden data the excitation signal is 
generated at the receiver. Humans are inaudible the 
excitation signal at frequencies above 3.4kHz. 
 
For example, band-pass filters produces a high 
spectral gaps of moderate width. At high frequencies, 
the signal quality does not decrease due to the 
incorrect arrangement of the harmonic structure of 
speech. From the NB signal the extension band(EB) 
envelope spectrum can be approximated. The hidden 
side information is recovered at the receiver and 
given to the block generating EB signal. Then the 
remaining signal is decoded by the NB decoder. This 
speech signal is interpolated by two. The speech 
signal is passing through low pass filter to get the NB 
signal to be added to the EB signal. 

 

 
Figure 4.  BWE with side information at receiver 

 
The block diagram of BWE with secondary 
information at receiver is shown in figure 4. Which 
produces EB signal .The side information bits are 
decoded and high band energy and  gain parameters 
are given to the frequency envelope shaping filter and 
gain adjustment block respectively. At the receiver 
side the excitation signal is extracted. The synthesis 
filter produces EB signal with the combined input of 
EB excitation and filter parameters. This signal is 
added with the NB decoded signal to extract the 
wideband signal output. The three different 
techniques for speech BWE with secondary 
information are described as below 
 
A. Secondary Information Extraction 
Commonly this method appearing [26] at public 
switching telephone network and extension band is 
coarsely parameterized by using high pass filter. 
Wide-band signal having down-sampling up to 
8KHz. Extension band features are represented and 
encoded by using LPC technique. In embedded 
wideband coding many techniques are used for 
envelope shaping or lower bandwidth like 
LPC,AMR-WB techniques in ordered by an IDFT of 

order 8.The output of sub-band, DFT, LPC  
coefficients are quantized by using vector quantizer. 
 
B. Data Hiding 
Signal domain data compressing, bit stream data 
compressing, joint coding and data compressing are 
the techniques to compress the side band information. 
Under the part of data compressing, the sideband 
information in NB low additional computational 
complexity and allow additional algorithm delay will 
be required [25]. 
 
C. Narrow band codecs 
GSM (Global System for Mobile communication) 
06.20 HF(Half Rate), GSM 06.10 FR (Full Rate), 
GSM 06.60 EFR (Enhanced Full Rate), GSM 
06.90AMR (Adaptive Multi Rate)-NB methods are 
used to develop the BWE algorithms. In [24] 
generally GSM EFR is used for better quality outputs 
than legacy narrow band codecs. 
 
V. APPLICATION OF BWE TECHNIQUES 
 
In speech transmission area the bandwidth extension 
is required. It can be used in speech and audio 
compression applications. The presence of wide band 
and narrow band terminals the backward reconcilable 
in high in wide band (HD voice) telephony. To 
produce the wide band comparable HD Voice 
different techniques of BWE algorithms are used. 
This wide band comparable speech consists of narrow 
band system. In order to generate the super wideband 
speech BWE techniques are used in cryptography 
application BWE algorithm is used for the purpose of 
data hiding. For cryptography data transmission the 
AMR-NB encoder transmit the few bits with the 
secondary information. To get the information about 
source location the transmitted data was decoded at 
receiver side. For GSM codec like AMPR-NB and 
GSM EFR the BWE technique is used with the 
secondary information. 
 
CONCLUSION 
 
The recovered speech signal in ordinary telephone 
networks with the frequency up to 3400Hz, the 
speech signal quality is less in naturalness because of 
this reason band width extension is proposed. In old 
analogue telephone networks as well as GSM 
networks this limitations will be reduced. At the 
receiver the HD voice quality of the speech signal is 
increased by using ABWE . By adding the EB 
spectral components to the receiver the above task in 
performed. This is the alternative solution to  
generate the wide band speech which is having the 
high Definition signal quality although having 
conventional narrow band transmission system. In 
case of the ABWE with the spectral envelope 
parameters is highly dependent on statistical model 
and its WB training data base responsible for 
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modelling and evalution. The extension band 
spectrum parameters are embedded within narrow 
band speech and then transmitted in ABWE with 
secondary information techniques. Receiver produces 
EB speech then those are additive with decoded NB 
speech to produce HD Voice. These techniques 
improve the accuracy and overall quality of recovered 
speech signal.  
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