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ABSTRACT

This paper contributes to narrowband speech enhance-
ment by means of frequency bandwidth extension. A new
algorithm is proposed for generating synthetic frequency
components in the highband (i.e., 4-8kHz) given the low-
band ones (i.e., 0-4kHz) for wideband speech synthesis. It
is based on linear prediction (LPC) analysis-synthesis. It
consists of a spectral envelope extension using efficiently
line spectral frequencies (LSF) and a bandwidth extension
of the LPC analysis residual using a spectral folding. The
lowband LSF of the synthesis signal are obtained from the
input speech signal and the highband LSF are estimated
from the lowband ones using statistical models. This esti-
mation is achieved by means of four models that are dis-
tinguished by means of the first two reflection coefficients
obtained from the input signal linear prediction analysis.

1. INTRODUCTION

In most speech transmission systems, the bandwidth is lim-
ited to a range of 0.3-3.4kHz. This speech bandwidth repre-
sents a good compromise between speech quality and trans-
mission bandwidth for voiced sounds in general and often a
poor one for unvoiced sounds. This setting leads to muffling
characteristics in the telephone speech. The human prefer-
ence for the wideband speech has been proven in ITU eval-
uation [1]. Indeed, wideband speech, whose bandwidth is
defined in the range 0.05-7kHz, spans all distinctive speech
frequency components. Therefore, the wideband speech
sounds clear and can provide a more natural conversation
over the telephone lines. Yasukawa [2], as many other in-
vestigators [3], proposed solutions to generate the missing
frequency bands from the received narrowband speech with-
out any extra-information being transmitted. Then, to re-
construct the wideband speech, these bands are added to
the received narrowband speech (Figure 1).

Generating synthetic components in the highband and
the lowband given the telephone band without any extra in-
formation assumes that the frequency components in these
bands are correlated to the telephone bandwidth compo-
nents. When using low- and high- pass filters to add these
missing frequency bands to the narrowband signal, the en-
ergy of these bands need to be scaled correctly, otherwise
the quality of the reconstructed wideband signal is degraded
with significantly perceivable distortions. In order to avoid
such unconvenient processing, one would like to achieve the
synthesis such as to keep the amplitude spectral properties

in the range 300-3400Hz identical to the input narrowband
signal. Therefore, one needs an efficient spectral envelope
extension technique. In this paper, a new algorithm is pro-
posed to achieve such a synthesis using a linear prediction
analysis-synthesis. In this scheme, the wideband signal is
reconstructed, unlike in the previous studies [2], without
using a high-pass filter (HPF) for the highband extraction
and a band-pass filter (BPF) for the narrowband extrac-
tion (Figure 1). It is a time domain processing and its
description is given in section 2. The line spectral frequen-
cies (LSF) are proposed for the spectral envelope extension.
The extension is achieved according to the spectral envelope
shape characterised by the first two reflection coefficients.
These coefficients showed interesting variation as a function
of the nature of the speech signal. In this study, the wide-
band speech synthesis from narrowband speech is limited to
generate only a highband (i.e., 4-8kHz) to an original 4kHz
full-bandwidth speech.
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LPF = Low-Pass Filter (fc = 300 Hz)
HPF = High-Pass Filter (fc = 3.4kHz)
BPF = Band-Pass Filter (300 — 3400Hz)

Figure 1: Wideband synthesis based on linear prediction
analysis-synthesis

2. BLOCK DIAGRAM FOR WIDEBAND
SYNTHESIS

Figure 2 shows the proposed block diagram to achieve the
synthesis. The input speech signal, which is sampled at
8kHz, is first up-sampled by two (i.e., insert zeros between
every successive samples). The obtained signal is now sam-
pled at 16kHz. It has the same spectrum in the lowband,
i.e. 0-4kHz, as the input signal and a folded version of it
in the highband, i.e. 4-8kHz. This signal is then low-pass
filtered (LPF) to remove the folded version in order to re-
cover the same spectral properties as the input signal but
sampled at 16kHz.

In the lower branch, the signal is first down-sampled
by 2. Then, the down-sampled signal is modelled using an
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Figure 2: Bandwidth extension to 8kHz from a 4kHz speech
bandwidth

auto-regressive LPC model. The model transfer function
represents the spectrum of the input speech. An extension
of the spectral envelope is achieved using the LPC coef-
ficients. Then, the output signal of the low-pass filter is
analysed using the extended LPC analysis filter. The anal-
ysis residual, that is expected to have a flat spectrum, is
successively down-sampled and up-sampled by 2 (i.e., put
to zero every other sample) which realises a spectral fold-
ing [4]. The obtained sparse signal is used as an excitation
to the wideband synthesis filter (i.e., extended LPC model.)

2.1. Spectral envelope extension using line spectral
frequencies

The line spectral frequencies (LSF) were first published by
Itakura [5]. These frequencies are obtained from the roots of
two transfer functions, where one is the difference and the
other is the sum between the LPC analysis filter transfer
function and its conjugate [6].

In this section, LSF are used to achieve the spectral en-
velope extension. They are estimated from the input signal.
The obtained LSF are located in the range 0-7 in a 4kHz
bandwidth of a speech signal sampled at 8kHz. If we model
the corresponding wideband speech (i.e., 8kHz bandwidth)
using an LPC model with twice the order of the input sig-
nal LPC model, the input signal LSF should represent the
wideband LSF in the lowband range 0-7w/2. Thus, the low-
band LSF of the wideband speech are given as the input
signal LSF divided by 2.

A simulation of the wideband speech synthesis is achieved
where the lowband LSF are obtained from input speech sig-
nal as mentioned above and the highband LSF are taken
from the corresponding wideband speech. For the linear
prediction analysis residual, a spectral folding is applied.
The simulation showed a very good wideband synthesis
quality. Thus, a spectral envelope extension is developed
to estimate the highband LSF from the lowband LSF.

2.1.1. Lowband-highband mapping using a single matriz

The highband LSF of the wideband speech synthesis are
obtained using a linear mapping function [7] given as:

fn="1ilA

where fp, is the vector of the highband LSF, the f; is the
vector of the lowband LSF obtained from input speech and
A is the transform matrix of dimension pxp where p is the
linear prediction model order of the input speech. This
matrix is obtained by training using a long list of examples
of vector pairs, where on one side are the lowband LSF and
on other side are the corresponding highband LSF. This list

is generated from a speech signal database. The matrix A
is obtained as follows:

A=(F'R)'F'F

where F}, is a matrix of the LSF training data in which
the rows represent the highband LSF of each example and
F; is a matrix of the LSF training data in which the rows
represent the lowband LSF of each example.

The use of one matrix for the mapping between the
lowband LSF and the highband LSF has given significant
distortions. For this reason, a study has been performed to
use a higher number of matrices to achieve the mapping.
This experience has shown that the relationship between
the lowband and the highband differs as a function of the
spectral shape.

2.1.2. Lowband-highband mapping using 4 matrices

To use multiple matrices for more accurate prediction of
the highband spectral envelope, one needs to find relevant
parameters that can be used to cluster the spectral shapes.
One way of doing it is to look at the reflection coefficients [8].
It is known that the first reflection coefficient provides the
overall tilt of the amplitude spectrum. Then, the problem is
to establish the same kind of interpretation on the shape of
the amplitude spectrum when used jointly with the second
reflection coefficient.
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Figure 3: Illustration of the variation of the first two re-
flection coefficients obtained from a 4kHz bandwidth input
speech signal with the corresponding wideband speech signal
spoken by an english male speaker saying: ”to eat the christ-
mas dinner.” k1 and k2 are the reflection coefficients, and
T1 = —0.7 and T2 = 0.55 are their respective thresholds.

Figure 3 shows a wideband speech signal of a male
speaker simultaneously with the corresponding curve of vari-
ation of (k1 + 1) (the curve in the top of the upper-figure)
and (k2 — 1) (the curve in the bottom of the upper-figure)
where k1 and k2 are respectively the first and the second
reflection coefficient obtained from input speech linear pre-
diction analysis. The first observation is that there is some



Table 1: Reflection coefficient thresholds (I1,T>) for 4 ma-

trices
Ref. Coeff. Threshold T: =-0.7 1T> = 0.55
M, k1 < k2 >
Mo ki1 < ko <
M3 k1 > k2 >
M, k1 > ke <

correlation between the first two reflection coefficients and
the nature of the speech signal, namely, whether it is a noise
like signal such as unvoiced speech sounds or a periodic like
and energetic signal such as voiced speech sounds. This
correlation can be emphasised by putting a threshold on
both reflection coefficients that can distinguish the two cat-
egories of sounds. Thresholds are fixed experimentally such
as to span the voiced sounds within the same category. The
first reflection coefficient threshold is set to T3 = -0.7 and
the second one is set to 7> = 0.55. The threshold 7T is rep-
resented by (77 +1) in the upper-figure 3 and the threshold
T, is represented by (T» — 1) in the same figure.
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Figure 4: Bandwidth extension block diagram based on line
spectral frequencies using 4 matrices

In this way, the speech spectral shapes are classified into
4 clusters and thus, 4 matrices are created to achieve the
lowband-to-highband mapping (Figure 4). Figure 4 shows
the modified block diagram for wideband synthesis to ac-
count for the multiple matrices. Table 1 provides the ma-
trix allocation to the different combinations of the first two
reflection coefficients as a function of their values relative
to their respective thresholds. The matrix M; represents
the voiced speech sounds where the lowband is energeti-
cally more significant than the highband (Figure 5). In
the opposite, the matrix M, represents the speech sounds
where the high-frequency band is more energetic than the
low-frequency band as is the case for /s/ speech phones.
The remaining two matrices are transition matrices that
take different shapes. The matrix M> can be a silence or a
transition from any sound (whose M is the representative)
to another (whose My is the representative) or vice-versa.
The matrix M3 could be an unvoiced sound such as /ch/ or
represent a transition speech sound as the matrix M.

Given the definition of the matrix representations, four
matrices are created. A database of speech signal frames is
clustered into 4 clusters where each cluster is represented
by one of the 4 matrices. Then, an estimation of the matrix
coefficients for each cluster that maps the lowband LSF to

(a) = (b) e

(C) ! T i T (d) T i T

Figure 5: Amplitude spectral envelope shape represented by
the 4 matrices from Table 1. (a) a typical amplitude spectral
envelope shape for matriz My. (b) an ezample of an ampli-
tude spectral envelope shape for matric Ma. (c) an ezample
of an amplitude spectral envelope shape for matriz Ms. (d)
a typical amplitude spectral envelope shape for matric My

the highband LSF is achieved as given in section 2.1.1.

Given the matrices, the spectral envelope extension from
input spectral envelope is achieved as follows. For each
speech entry, linear prediction and reflection coefficients are
estimated. Then, the LSF are computed and divided by 2
to represent the lowband of the wideband speech synthe-
sis (Figure 6). Given the first two reflection coefficients of
each entry, a matrix is selected from table 1. The selected
matrix is used to estimate the highband LSF from the low-
band LSF. Once the highband LSF are estimated, they are
appended to the lowband ones. From the obtained array of
LSF, we determine the linear prediction coefficients of the
extended spectral envelope.
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Figure 6: Spectral envelope ertension based on statistical
models of the relationship between the lowband and the high-
band line spectral frequencies

2.2. Discussions

A good synthesis quality is obtained using the proposed al-
gorithm. To reach this quality, a post-processing discussed
in this section is applied to the estimated highband LSF
to eliminate some undesirable sounds due to the statistical
models (i.e. matrices). The estimated highband LSF cre-
ate sometimes a whistling on the wideband synthesis signal.
The source of these noises has been identified as being the
high order LSF component getting closer to or taking a



Figure 7: Bandwidth extension based on four statistical
models mapping lowband LSF to highband LSF. English
male speaker saying: ”to eat the christmas dinner” (a)
Wideband original signal, (b) Wideband synthesis

higher value than 3.0 radians. In order to encounter this
problem, the higher order LSF component has been limited
to [2.5762 2.82] radians. In this LSF post-processing, the
entire set of the highband LSF are re-adjusted to fit the
high order LSF in the limited range. The dynamics of the
LSF as a function of time may also be an issue. They are
sometimes quite significant to generate slight clicks perceiv-
able in the wideband synthesis signal. So in order to reduce
these dynamics of the LSF, a smoothing is applied to each
LSF as a function of time. The smoothing function is a sum
of weighted LSF involving the current one and the previ-
ous ones in time (in our implementation to the third frame
back in time). It provides a smooth synthesis signal where
the clicks are removed. However, the quality of the syn-
thesis in reaction to this smoothing looses some brightness.
So the weighting coefficients need to be tuned in order to
obtain the desired quality. A synthesis by interpolation [9]
has been tried but it gave a lower brightness than the LSF
smoothing based synthesis.

Figure 7 shows spectrograms of a wideband original and
a wideband synthesis for a male English speaker. The syn-
thesis is performed frame-by-frame of 5ms (i.e., 40 samples)
length of the input signal. Each frame is analysed using an
8th order LPC and thus, a 16th order LPC is used for the
wideband synthesis. Then, four matrices of 8x8 dimension
have been created by training and used to achieve the spec-
tral envelope extension.

The use of the proposed algorithm for telephone speech
(i-e., 300-3400Hz) enhancement does not require any change
to the described algorithm. However, the signal bandwidth
of 4kHz, given its sampling frequency, and the band-pass
filtering for narrowband speech lead the wideband synthe-
sis signal to a lack of information in the frequency range
3.4-4.6kHz. This is a result of the spectral folding (relative
to the 4kHz frequency) of the LPC analysis residual which
is limited in frequency to the telephone speech bandwidth
(i-e., 3.4kHz). One solution would be to down-sample the
telephone speech from 8kHz to 7kHz sampling frequency.
Then, the extension can be performed from 3.5kHz band-
width to 7kHz bandwidth [10].

Finally, the proposed algorithm trained on speech has
also been used for music bandwidth extension and it gave

an acceptable quality.

3. CONCLUSIONS

In this paper, a new algorithm for bandwidth extension is
proposed for telephone speech enhancement. The exten-
sion is achieved using efficiently the line spectral frequen-
cies (LSF). The extension is processed according to the first
two reflection coefficients. The variation of these coefficients
showed interesting behaviour as a function of the nature of
the input speech signal (i.e., noise like or periodic.) This
observation has been exploited to create four clusters of dis-
tinctive spectral shapes. These clusters are represented by
four transform matrices that map the lowband LSF to the
highband LSF. In addition, the proposed algorithm has low
complexity and requires reduced amount of memory for a
storage of the matrices.
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