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CONTINUOUS SPEECH ASSESSMENT
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Abstract: Voice hoarseness is mainly related to airflow 
turbulence in the vocal tract. It can be due to vocal
fold paralysis, polyps, cordectomisation or other
dysfunction, which alter regular speech production,
and is commonly treated as a noise component in the
speech signal. A denoising approach is proposed,
based on low-order singular value decomposition
(SVD) of matrices whose entries come from sampled
speech data frames, properly organised. A prototype
DSP board implementing the procedure was
developed. Objective quality indexes are proposed,
showing the results achieved with the proposed
method both on vowel and consonantal sentences.
Keywords: SVD, hoarse voice, DSP, continuous speech, 
real-time

I. INTRODUCTION

This paper deals with the problem of enhancing voice
quality for people suffering from dysphonia. This can be
due to vocal fold paralysis, cordectomisation or other
dysfunction, which alter regular speech production and
commonly cause more efforts to be used in speaking than 
for healthy people. Objective speech quality measures are 
reliable, easy to implement and have been shown to be
good predictors of subjective quality [7], [16]. The main
goal of the system presented here is to realise a mobile
hardware/software system for real-time voice denoising,
to obtain a more intelligible speech with small effort. The
method is based on the singular value decomposition
(SVD) of matrices whose entries come from sampled
speech data frames, properly organised [1]. SVD is
widely used for speech enhancement, mainly to improve
the performance of speech communication systems in a
noisy environment [2], [3], [4]. For the present
application, a fixed two-dimensional signal subspace
dimension was found sufficient for data filtering, thus
allowing real-time implementation. Objective quality
measures (PSD ratios, SNR) are defined and evaluated, in 
order to assess enhancement of voice and compare
results. The proposed approach was implemented on a
DSP board, by means of properly optimised C and
Assembler code. Thus, a simple portable device could be 
realised, as an aid for dysphonic speakers for diminishing 
effort in speaking, which is closely related to social
problems due to awkwardness of voice. 

II. DENOISING WITH SVD

The SVD is a numerically reliable and robust means
for estimating the space of clean data (signal subspace)
from the white noise corrupted data, and is thus
particularly suited for speech denoising [1], [5], [6], [7],
[8]. Despite its simplicity, the SVD approach was found
effective in increasing voice quality. Extensive
simulations were performed and detailed results are
reported in [9], [10]. This paper aims at testing the
method on continuous speech, to evaluate its performance 
on consonantal sounds mixed to vocalic ones. Moreover,
in order to measure performance, some simple objective
quality indexes will be introduced and evaluated. 

III. QUALITY MEASURES

Extensive research has been carried out in developing
both subjective and objective tests to ascertain quality,
but few results are available as far as correlation among
them is concerned [16]. In the following, some indexes
are proposed, closely related to the signal characteristics.
In this work it is assumed that “harmonic” range means

frequencies below kHzfth 4= , while “noise” range

indicates frequencies over this threshold. This threshold
is an empiric choice based on analysis of various speech
signals; we are currently tuning it using a wider dataset.
The subscript “non-filt” refers to the original signal,
while “filt” refers to the SVD-filtered signal. The
simplest measure is:
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representing the ratio of the PSDs, evaluated on the
whole frequency range;
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measures the ratio of the PSDs evaluated on the
“harmonic” range, while
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is the ratio of the PSDs, evaluated on the “noise” range. 
A good denoising procedure should give PSD and

PSDlow values around zero (no loss of power), but high
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vocalic sounds) is taken out from the whole sentence,
giving good results. Fig. 4 shows very good values both
for the PSD on the whole frequency range (PSD=0.9 dB), 
and especially for the low and high frequency ranges
(PSDlow=0.941 dB; PSDhigh=22.041 dB), and
correspondingly a SNR value near to 11 dB (SNR=
11.094 dB). Fig. 5 confirms these results, being
comparable to those in Fig.1.

V. HARDWARE/SOFTWARE IMPLEMENTATION

The software development tool integrates a C
compiler/linker and the DSP/BIOS firmware for
implementing a basic kernel with run-time services [11].
The SVD algorithm is implemented by means of a two-
step procedure: first, the data matrix A is bi-diagonalised
applying a sequence of Householder reflections; second,
A is made diagonal using a modified QR algorithm [12-
16]. The criteria adopted to implement the hardware
platform are:

− High processing performance.
− Low power consumption/Low cost.

The board is supplied with analog front-end, capable to 
accept the audio signal as input and to furnish the output
processed signal at the output stereo jack. The DSP-based
board allows to process signals in the 0-48kHz
bandwidth. For further details see [17]. The developed
hardware was tested with real data in order to reach the
real-time processing requirements. 

VI. FINAL REMARKS

A simple approach for enhancing voice quality in
dysphonic subjects is proposed. The method applies SVD 
for data filtering, separating the clean signal from its
noisy component. The denoised signal is reconstructed
along the directions spanned by the principal eigenvectors 
of the signal subspace. For filtering purposes, the best
choice was found that of picking only the two dominant
eigenvalues, thus resulting in a low-cost procedure,
suitable for on-line implementation on a DSP board. The
tests with whole sentences, as well as voiced sounds only,
show that this method is suitable both for sustained
vowels analysis and for portable application devices.
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