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ABSTRACT

To minimize transmission bandwidth in speech basedmunication systems such as telephone systems,
narrowband representation of the signal is genetaled. This band-limited signal can able to regné

the vowel sounds without much distortion, butsitnot suitable for representing consonant soumdstly
fricative consonants ( th /, sh/, / Isl /, xI/ ¢hetc). Artificial Band Extension (ABE) techniquage used to
generate a wideband signal from the narrowbandakigBince most of the high frequency components an
the fricative consonants were absent in the ndramd representation of the sound, it is a chalfentask

to create those missing components in the widelsmndvalent signal. In this work, implemented a
source-filter model based ABE system .The spe@raelope extension is carried out using classified
codebook approach method and evaluated its peafucenwith suitable metrics.

Keywords: Speech enhancement, Artificial bandwidth Extension , Speech codec , Linear prediction

1. INTRODUCTION e
1.1 Problem Specification
High feature with good quality speech is  WB speech signal is shown in Fig 1 (top) and
needed in all hands-held digital communicationhe corresponding NB representation is shown in
devices . ITU standardizes wideband (WBJFig 1 (bottom ) . In the NB , high frequency
codecs [2, 5] to resolve those problems .It hasomponents of above 4kHz is missing. In the
the disadvantage of increased bitrates. recording , even the WB signal above 8 kHz is
almost absent. It shows that , in the WB spectrum.
Another way for getting high quality speech isthe first harmonic components of the band 3.4kHz.
Artificial Bandwidth Extension (ABWE). The to 4 kHz is also missing (above 7 kHz ). Here the
missing low frequency component of NB ( > 3.4challenging task will be the Creation of missing
KHz to 4 KHz) , and creating the high frequencycomponents between 4kHz. to 8 kHz
component ( 4KHz to 7KHz) of input speech
signal at the receiving end. This can be achiewed b  Generate an artificial WB sound form the NB
two steps . First is to predict the missingsound using ABE techniques at the receiving end.
components. It can be done by estimating thBormally from the learned mutual relationship
source  model parameters from the availablbetween the upper and lower frequency regions ,
Narrow band (NB ) input. Then in second the ABE techniques will create the missing
generate the high frequency components using tfeequency components . In this work , by
mutual relationship of High and low frequency
bands . developing a source-filter (LPC) model based ABE
In this paper, NB band speech of frequenciesystem and evaluate its performance using
below 4 kHz is artificially extended to 8 kHnda ARCTIC sound database [9] of Carnegie Mellon
the extension of bandwidth for predicting highUniversity. The proposed ABE systems will have
frequencies of speech is examined. some drawbacks and limitations and here we will
address these issues also.
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Fig 2. Source-Filter Model Of Vocal Tract

Let VT be a all-pole filter with Porder
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25 Herea; ...a, are the filter coefficients and there by
estimated using linear prediction method

Output Speech signal(z) in frequency domain is
formed by multiplication of residual/source signal
1.2 Previous Works X(2) by the VT all-pole filter 1A(z) or by filtering

Schitzier (1998) gives a solution to reduce thg((z) by /A7) in Time domain .
bitrates for coding wideband speech, is to code thQ( )
parameters of wider bandwidth speech with z
significant increase in bitrates relative to NB . . . .
coders. Makhoul and Benarti (1979), Carl anA\(z) can be obtained by using the filter coefficients
Heute (1994), Yoshida and Abe (1994), Jax angt
Vary (2000) were discussed another approach th;{ .
employ the WB enhancement by analysis an (2)
synthesis model. This technique synthesis the WP : '

: Iy N this source-filter model , we model the speesh a
2'?“8/2;? efr?nTorrtE:ti Oilt%r:,’ N\g)lgmege c'h a&dansp'ea\cégé mixture of a sound source ( from vocal cords)
methogs e.g. codebooks [2,3] plinear. mapp%ng [4],then a linear acoustic filter, ( VT radiation
Neural Networks etc is used to estimate thgharacterlsuc). An important assumption is that th

missing components. Again Jax and Vary [6, 7Tource and filter are independence each other.

found the potential features of speech and evalualsefferent
their performance for BWE application. '

Fig 1. WB And NB Sgnal

X@/! Az e (2)

Yo)A@ 0 — 3)

phonemes can be distinguished by
varying degrees, properties of their source(s) and
heir spectral shape. Voiced sounds (e.g., vowels)
ave source due to periodic glottal excitation.
hey can be easily approximated by an impulse
rain in time domain (TD) or harmonics in
érequency domain (FD), and a filter that depends
on position of tongue and protrusion of lip.
Otherwise , fricatives have a source due to turiiule

This paper organized as , in section |
investigate the proposed methodology. Th
design of the proposed source filter modeled AB
is to be discussed in Section Il , Section |
convolutes the results , Section V wrap up it
performance and the upcoming work.

2. SOURCE-FILTER MODEL (VOCAL

TRACT) OF SPEECH PRODUCTION noise. So called voiced fricatives such as "z" and

"v' have two sources - one is at the glottis and

another one is at the supra-glottal constriction.
The Vocal tract assumed as all pole filter.

Speech generation can be modeled by source-filter
model of VT and this is shown in Fig 2.
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iput sgnal and e siglfame 26) appropriate  WB representation for the spectral
R : envelope based on the available NB representation.
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One frame of a (20ms) given input NB signal LS LS
(red) is taken. From the above relationship its ~ F
corresponding Error /source (blue) is calculated an | \wg | Fg NB LFS
shown in Fig 3a (Top). Fig.3b (bottom) shows the oo atticiants Coefficients
FD representation (FFT spectrum shown in blue) of
the TD signal frame and its corresponding Linear

Prediction coefficients (red). \ /

3. MODELING THE ARTIFICIAL
BANDWIDTH EXTENTION SYSTEM

3.1. LSF Code Book Construction :

Construction of the LSF codebook is an
important step in ABE system. Some training
audio files are taken and separated in to uniform Fig 4. Lsf Codebook Construction
signal frages of 20 ms window size. For NB
speech 10 order Line Prediction Coefficient . . .

(LPC) and for WB speech 8order is used . For 3.1.1 L_|near predictive codmg (LPC) .

. iy In audio / speech signal processing for
guantization purpose LSF coefficients of WB resenting the spectral envelope of a digital
representation of the signal frames and the LSEP h g | P f P ith Ig
coefficients of down sampled NB representation ofPeech signal in compactform ( -with less

: . coefficients), LPC method is used ,with the
the corresponding signal frames are calculated. . .
information of a LP model.

3.1.2. Line Spectral Frequencies (L SF).
Various alternate useful representations are there
for predictor coefficients. One of the most

A(Z) =[a, & 3, e ag =~ - (4)

The redundant entries in the code book ban

m|n|m|zed t_)y apply|_ng ’clusterlng metho_d. In Ourimportant is Line Spectrum Pairs . In speech
implementation, we didn’t use any clustering

coding applications , LP polynomial of A(z) can
algorithm since small set frames are used d® decomposed into LSF and this LSFs have a fine
training samples. The codebook stores NB-WRBjuantization and also interpolation prdjesr
representation pairs and it is used irAlgorithm for the construction of the LSF
extension/filter phase, while assessment afodebook (CB) shown in Fig.4.
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The Fequency Response of the Wideband Pre-Emphasis Filter

1. The WB FIR pre-emphasis filter has the
transfer function H (z) = 1 - 0.9%zhown in
Fig 5 was applied on the wideband training
data wave files.

B)

2. The NB signals are formed by down sampling
(decimating) the same WB training data wave
files. Apply a suitable NB pre-emphasis filter
shown in Fig 6 on the NB signals. 3 0 100

Magnitude (d

2000 3000 4000 5000 6000 7000 8000

3. WB signal is Split in to frames of uniform Frequency (Hz)
20ms window size with no overlap between
adjacent frames . Then WB LPC as well as
equivalent WB LSF coefficients were
calculated.

4. Similarly NB signal is Split in to frames of
uniform 20ms window size with no overlap
between adjacent frames . Then NB LPC as
well as equivalent NB LSF coefficients were ‘
calculated.. 0 1000 2000 3000 4000 5000 6000 7000 8000

o . . Frequency (Hz)
5. Save the WB LSF coefficients beside with the
corresponding NB LSF coefficients .

Fig 5. Freguency And Phase Response Of

I _ _ WB Pre-Emphasis Filter
3.2. Artificial Bandwidth Extention (ABE)

Each frame of NB signal is decomposed into
two parts as a source part and a filter part hBQ t ) The Fequency Response of the Narrowhand Pre-Emphasis Filter
are extended separately. The source signal is
estimated by the filter coefficients using LP. The
VT model is extended by the most appropriate WB
model taken from a CB and the residual signal by
TD zero-insertion method. Then the created signal
is added to a delayed version of resampled original =05
NB signal to structure an artificial WB signal.

| | |
L

-1 L L L

2500 3000 300 4000

ABE Steps:

The basic idea of ABE is to create a signal which
contains the frequencies that are missing from the
original NB signal . The algorithm for Source-filte
based VT model is shown in Fig 7.
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Fig.6 Frequency And Phase Response Of NB
Pre-Emphasis Filter
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Fig7. ABE- Analysisand Synthesis

3.2.1. Spectral envelope extension / Filter part
extension

s
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1. The input NB signals which is to be extended
is opened and a appropriate NB pre-emphasis , b i
filter was applied on the NB signals. T ?

Xo(2) = Y(@2)An(z) - 5)

2. The sampling rate of the NB signal is increased
using sample rate conversion . This will create ) S B S S N
a signal of spectrum 4-8kHz .

LPC coefficients (LPC order:10,Frame:26 of arctic_a0006.wav)

Amplitude

o
prum—
o—
o—
o—
(<]

Coefficients[n]

3. The LP coefficients of each NB frame is
calculated and Convert all LPC in to into
LSFs.

4. Use the same window function which is used
in analysis phase, while constructing the LSF

CB. Lo 1
L L L L
. . .. 0 500 1000 1500 2000 2500 3000 3500 4000
5. Find the NB CB entry with the minimum Frequency[H]

Euclidean distance to the present LSF vector.

LPC frequency response (frame:26 of arctic_a0006.wav)

Amplitude[dB]

6. Get the equivalent _WB LSF coeff_ic_ients and Fig8. NB LPC coefficients and its
then exchange into LP coefficients for
waveform synthesis Spectral envelope frequency Response curve

3.2.2. Source signal extension ) . i _
Fig 9 shows a original sample from (first) and its

7. Calculate the source/error signal using the NEvindowed version of signal(second). The third is
signal frames and its LPC coefficients the reconstructed NB signal

8. NB source signal is extended using rate
conversion technique (). Original Input signal (rame:26 of arctic_a0006.wey)

9. Using the extended source signal{X from
(8), and the WB LPC from (6) calculate the =0 .
output signal. <065 068 065 08 065 065

Time[s]
Windowed Input signal (rame;26 of arctic_a0006.way)

10. Using overlap-add technique the extended
frames from (9) are concatenated. Here an «
analysis window of 20ms , synthesis window =
of 10ms and the time difference between )
adjacent frames is 5ms are used in both Zogs 0@ 085 08 065 06

analysis and synthesis. Timels
11. The signal from (10) were added/mixed with Reconstructed signal (ame:26 of arctic_a0006.way)
the delayed version of NB resampled signal to ;g' S Sl B ek vl S
get the final output. =TT TS QA VAZY T o T
S065 0@ 06 06 065 0

Time[s]

H t
Fig 8 top shows an example of lorder NB LPC Calculated Error/Residual signal (rame:26 of arctic_a0006.way)

coefficients and the Fig 8 bottom shows its =
corresponding spectral envelope

g |
SO65 08 085 08 065 0
Time[s]

Fig 9. Different typesof TD frames
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4. RESULTSAND DISCUSSION

For each listener the test was arranged
The Speech Database individually in a quiet room using a simple
Carnegie Mellon University ARCTIC database bygraphical user interface ( GUI) on a computer
SLT (CMU ARCTIC SLT 0.95) contains (1132 screen. Through high quality headphones, test
utterances) a recording of the phonetically baldncesample files were played on both ears of each
US English speech by a female US English speakedistener. Before itself , the listeners had a dittl
The speaker is experienced in building synthetipractice session.. During the practice session. the

voices. listeners can be allowed to adjust the volume
setting to a suitable level. The arithmetic meén o
Table 1. MOS Scores and their Meaning all the individual scores is MOS, and generally its

range is from 1 for worst case to 5 for best.

M Quality I mpair ment

@) The values do not need to be whole numbers.

S Certain thresholds and limits are often expresaed i

5 | Excellent | Imperceptible decimal values from this MOS spectrum. For

4 | Good Per ceptible but not annoying instance, a value of 4.0 to 4.5 is referred toodls t

3 | Fair Slightly annoying quality and causes complete satisfaction. generally
: the values dropping below 3.5 are termed

Al Cc Annoying unacceptable by many users

1 | Bad Very annoying '

4.2.1.Comparison of Resultant Spectrogram

4.1 Perfor mance Evaluation Spectogram of Original Wideband Signal
We used two methods for evaluating the 5000 mymmym v L A 4
performance of the ABE techniques. One is
comparing the spectrograms of extended signi
with the spectrograms original wideband signal an
the another is Mean Opinion Score.

i

6000 ¢

4000 !

Frequency

4.1.1 Visualization using Spectrogram 2000 ¢

Spectrogram, is a visual demonstration of sounc
Since it is based on real measurements of tt
varying frequency component of a sound witt
time, spectrogram provides more absolute and

precise information. Spectogram of Time-Domain Interpolated Signal
4.1.2. Mean Opinion Score (MOYS) 8000 g B AN 3 -

For subjective measure, MOS preference test £000
conducted between the Original NB Signal, the
interpolated version of NB signal and the ABW
Extended version of signal. The objective of this
test is to find which signal has the more hearable
understandable high frequency component soun
such as “sh”. We selected 10 NB files in whicé th 0 i ’
high frequency components are almost absent b 05 1 1§ 2 92§ 3
present in the corresponding original WB signals. Tima

4000

Frequency

2000

The NB signal, TDI version , and the ABWE
signals were presented to 10 listeners (5 females

and 5 males) between 21 and 25 years of age
having no auditory disorders were involved in the
test. All the listeners had adequate knowledge on
English and Phonetics for understanding all the
given English speech signalsffiles.
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Fig. 10. Spectrogram Comparison. 0
Original NB Interpolated WB ABEWB Signal
The spectrogram of conventional TDI BWE Method
algorithm shown in Fig 10 (middle) had no signa
components around 3.6 kHz to 4kHz and above
7.6 kHz. This is due to gain mismatch. Even
Though it was mitigated it affect the quality of Figll. Performance in terms of MOS
speech .These results implied that the proposed
BWE algorithm created a frequency components ) _
around 3.6 kHz to 4kHz shown in Fig 10(c) a nd if-4 Observations:
could provide better quality of WB speech than the
TDI BWE algorithm Based on our observations, the selection pre-
_ emphasis filters of WB and NB played an major
4.3 Comparison of MOS role on extended speech quality . In the same way,

the post- emphasis filter played an significanerol
on speech quality. It may have a great influente o
changing the pitch of the original signal.

Table2. Mean Opinion Scoreof Different Listeners

Mean Opinion Score

Analysis window size and synthesis window
size also have an influences on the generated

Inter ABE WB quality of speech .The number of WB LPC decides

polated Signal the final speech quality.
WB
Signal As we realized, the overall quality of the system
will depend upon the LSF code book size. For
1 3.00 3.05 4.00 better reproduction/bandwidth extension, we will
2 3.00 3.40 4.00 need considerably LSF big code book. The increase
3 3.25 3.50 4.50 in code book size will result in increase in overal
4 3.00 3.75 4.00 delay.
5 3.00 3.50 4.25
5. CONCLUSION
6 3.25 3.00 4.75
s 3.00 3.25 4.50 In this paper, we designed the Source-filter model
8 3.00 3.50 4.50 based on vocal tract and implemented ABWE
9 3.00 3.73 4.25 algorithm using LPC coefficients.  From the
10 3.00 3.50 4.00 Spectrogram comparison, our proposed algorithm
Avg 3.05 3.463 4.275 can able to represent consonant sounds, mostly

fricative consonants ( th /, sh/, / Isl /, xl/ ¢hetc).
Artificial Band Extension (ABE) techniques are

used to generate a wideband signal from the

e
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narrowband signal. The spectrogram of extended

signals shows the obvious creation of missings] 3GPP TS 26.171, March 2001 “Speech Codec
bands. The performance MOS preference test speech processing functions; AMR WB
proved that from the NB signal the ABE system Speech Codec; General Description”. Version
created almost the original WB signal. In most of 1.

the practical system, the WB signal will be[6] Gandhimathi,G., Narmadh,C., and Lakshmi,C.

available at the transmitting end and before August 2010 ,” Simulation of Narrow
transmission, it will be converted in to NB sigtal Band Speech Signal using BPN
minimize transmission cost (narrowband channel is Networks “ , International Journal of

only available). In such cases, the wideband LPC Computer Applications (0975 - 8887)

coefficients can be directly transmitted along with  Volume 5- No.9.
the NB signal. So that, at the receiving end, mdte [7] Gandhimathi.G., Jayakumar,S.,2013,“Speech

of maintaining a codebook, the bandwidth  enhancement Using Artificial Bandwidth
extension can be done by directly using the WB  Extension Algorithm in

LPC coefficients. For that we may use data hiding Multicast conferencing throughCloud services,
technique, inside each signal frame itself , toehid Information Technology Journal , ISSN 1812-

the corresponding WB LPC coefficients. 5638 pp.1-8.
Steganography based data hiding ABE system wil8] Heide, D.A. , Kang, G.S., May 1998, "Speech

not effect the existing transmission and reception enhancement for band limited speech”,
methods very much. Even a standard receiving in Proc  of the ICASSP, Vol. 1,
system may play the narrowband signal as it is Seattle, WA, USA, pp. 393-396.

without processing the hidden LPC coefficients[9] http://www.festvox.org/cmu_arctic/2003

Our future works will concentrate on the ways to  Carnegie Mellon University, Copyright (c)
implement such an efficient Steganography base[qo] Jax P., and Vary, P., 2000 “ Wide band

ABE systems. Extension of speech using Hidden
Markov Model” in Proc. IEEE
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