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Abstract:Speech enhancement is concerned with the
processing of corrupted or noisy speech signal in
order to improve the quality or intelligibility of the
signal. Our goal is to enhance speech signal
corrupted by noise to obtain a clean signal with
higher quality. However, the presence of noise in
speech signals will contribute to a high degree of
inaccuracy in a system that requires speech
processing. For this, we apply here Kalman, Weiner
and Linear Predictive Coding filters to the noise
corrupted signal and try to determine the filter with
the best signal to noise ratio.

1.

INTRODUCTION

The problem of enhancing speech signals degraded
by noise received considerable attention by engineers
and researchers in the past and a variety of systems
have been proposed. Recently, this interest in
enhancing the speech signal quality has emerged
again due to the rapid advances in hardware
technology which allows sophisticated signal
processing algorithms to be implemented in real time.
In order to improve the quality of communicated
speech signals, speech enhancement techniques have
to be used. Ultimately, the main objective of speech
enhancement is to improve one or more perceptual
aspects of the speech signal, such as overall quality,
intelligibility, or degree of listener fatigue. Speech
enhancement systems have primarily been developed
for human-hearing in noisy environments. A less well
developed application area involves systems to
improve speech comprehension for the hearing
impaired in both noisy and quiet environments.
Speech enhancement techniques can also be used for
improving the quality of coded speech signals by
using pre or post enhancement techniques.

2.

KALMAN FILTER

The Kalman filter is a mathematical procedure which
operates through a prediction and correction
mechanism. Kalman filter combines all the available
data measured, plus the knowledge of the system and
the measurement devices, to produce an estimation of
the desired variables in such a manner that the error
is statistically minimized. The Kalman filter uses a
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system's dynamics model (i.e., physical laws of
motion), known control inputs to that system, and
measurements (such as from sensors) to form an
estimate of the system's varying quantities (its state)
that is better than the estimate obtained by using any
one measurement alone. As such, it is a common
sensor fusion algorithm. The use of Kalman Filter for
speech enhancement in the form that is presented
here was first introduced by Paliwal (1987). This
method however is best suitable for reduction of
white noise to comply with Kalman assumption. In
deriving Kalman equations it normally assumed that
the process noise (the additive noise that is observed
in the observation vector) is uncorrelated and has a
normal distribution. This assumption leads to
whiteness character of this noise. There are, however,
different methods developed to fit the Kalman
approach to coloured noises. It is assumed that
speech signal is stationary during each frame, that is,
the AR model of speech remains the same across the
segment. To fit the one-dimensional speech signal
tothe state space model of Kalman filter we introduce
the statevector as:
𝑥(𝑘) = [𝑥 𝑘 − 𝑝𝑡1 ∗ 𝑘 − 𝑝𝑡2 ∗ (𝑘 −
𝑝𝑡3). . . 𝑥(𝑘)𝐽]

- (1)

where, x(k) is the speech signal at time k. Speech
signal is contaminated by additive white noise n(k)
𝑌(𝑘) = 𝑥(𝑘) + 𝑛(𝑘)

- (2)

The speech signal could be modelled with an AR
process oforder p
𝑥(𝑘) = ∑ 𝑎𝑖𝑥(𝑘 − 𝑖) + 𝑢(𝑘)

𝑖 = 1. . . 𝑝- (3)

𝑛(𝑘) = ∑ 𝑏𝑖𝑛(𝑘 − 𝑖) + 𝑣(𝑘)
(4)

𝑖 = 1…𝑞

-

where, ai’s are AR (LP) coefficients and u(k) is the
predictionerror which is assumed to have a normal
distribution ~ N(0,Q). Substituting equation (1) into
equation (3) we get,
𝑥(𝑘) = 𝐴𝑥 𝑥(𝑘 − 1) + 𝐺𝑥 𝑢(𝑘)- (5)
𝑛(𝑘) = 𝐴𝑛 𝑥(𝑘 − 1) + 𝐺𝑛 𝑢(𝑘)- (6)

Page 1036

Imperial Journal of Interdisciplinary Research (IJIR)
Vol-2, Issue-5, 2016
ISSN: 2454-1362, http://www.onlinejournal.in
where, G = [0 0 … 0 1]T

This definition can be incorporated to the Wiener
filter equation asfollows:

G has a length of p (LP order) and the observation
equation would be
𝑌(𝑘) = 𝐻𝑥 (𝑘) + 𝑛(𝑘)

𝐻 𝑤 = 1+

- (7)

𝐻 = 𝐺𝑇

1
𝑆𝑁𝑅

−1

The drawback of the Wiener filter is the fixed
frequency responseat all frequencies and the
requirement to estimate the power spectraldensity of
the clean signal and noise prior to filtering. In this
approach, the estimated speech signal meanmxand
variance 𝜎𝑣2
are exploited. It is assumed that the additive noise
v(n) is of zero mean and has a white nature with
variance of 𝜎𝑣2 . Thus, the power spectrum Pv(ω) can
be approximated by:
𝑃𝑣 𝑤 = 𝜎𝑣2
Consider a small segment of the speech signal, in
which the signal x(n) is assumed to be stationary, The
signal x(n) can be modeled by:

3. WEINER FILTER
The Wiener filter is a popular technique that has been
used in many signal enhancement methods. The basic
principle of the Wiener filter is to obtain an estimate
of the clean signal from that corrupted by additive
noise. This estimate is obtained by minimizing the
Mean Square Error (MSE) between the desired signal
s(n) and the estimated signal ˆs(n).

𝑥 𝑛 = 𝑚𝑥 + 𝜎𝑥 𝑤(𝑛)
Where,mxand σxare the local mean and standard
deviation of x(n), w(n) is a unit variance noise.
Within this small segment of speech, the Wiener filter
transferfunction can be approximated by:
𝐻 𝑤 =

𝑃𝑠 (𝑤)
𝜎𝑠2
= 2
𝑃𝑠 𝑤 + 𝑃𝑣 (𝑤)
𝜎𝑠 + 𝜎𝑣2

Because, H(ω) is constant over this small segment
ofspeech, the impulse response of the Wiener filter
can be obtained by:
ℎ 𝑛 =
The frequency domain solution to this optimization
problem gives the following filter transfer function:
𝐻 𝑤 =

𝑃𝑠 (𝑤)
𝑃𝑠 𝑤 + 𝑃𝑣 (𝑤)

Where,Ps(ω) and Pv(ω) are the power spectral
densities of the clean and the noise signals,
respectively. This formula can be derived considering
the signal s and the noise v as uncorrelated and
stationary signals. The
SNR is defined by:

The enhanced speech signal s(n) in this local
segmentcan be expressed as:
𝜎𝑠2
𝛿 𝑛
𝜎𝑠2 + 𝜎𝑣2
𝜎𝑠2
= 𝑚𝑥 + 2
(𝑥 𝑛 − 𝑚𝑥 )
𝜎𝑠 + 𝜎𝑣2

𝑠 𝑛 = 𝑚𝑥 + 𝑥 𝑛 − 𝑚 𝑥 ∗

If mxand σsare updated at each sample, we can say:
𝑠 𝑛 = 𝑚𝑥 𝑛 +

𝑆𝑁𝑅 =

𝜎𝑠2
𝛿(𝑛)
𝜎𝑠2 + 𝜎𝑣2

𝜎𝑠2
(𝑥 𝑛 − 𝑚𝑥 (𝑛))
𝜎𝑠2 + 𝜎𝑣2

𝑃𝑠 (𝑤)
𝑃𝑣 (𝑤)
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the local mean mx(n) and (x(n) – mx(n)) are
modifiedseparately from segment to segment and then
the results are combined.

speech signal; similar in intention to cepstral analysis
but using quite different methods.

If 𝜎𝑠2 is much larger than 𝜎𝑣2 the output signal ˆs(n)
will be primarilydue to x(n) and the input signal x(n)
is not attenuated. If 𝜎𝑠2 is smallerthan 𝜎𝑣2 , the filtering
effect is performed. Notice that mxis identical to
mswhen mv is zero. So, we can

One way of thinking about LPC is as a coding method
-- a way of encoding the information in a speech
signal into a smaller space for transmission over a
restricted channell. LPC encodes a signal by finding a
set of weights on earlier signal values that can predict
the next signal value:

estimatemx(n) in Eq. from x(n) by:

y[n] = a[1]y[n-1] + a[2]y[n-1] + a[3]y[n-3] + e[n]

𝑚𝑠 𝑛 = 𝑚𝑥 𝑛 =

1
∑𝑥(𝑘)
(2𝑀 + 1)

Where, (2M+1) is the number of samples in the short
segment used in the estimation. To measure the local
statistics of the speech signal, we need to estimate the
signal variance 𝜎𝑠2 . Since 𝜎𝑥2 = 𝜎𝑠2 + 𝜎𝑣2 , then 𝜎𝑠2 (n)
may be estimated from x(n) as follows:
𝜎𝑠2 𝑛 = 𝜎𝑥2 𝑛 − 𝜎𝑣2
Where,
𝜎𝑥2 𝑛 =

1
∑(𝑥 𝑘 − 𝑚𝑥 𝑛 )2
(2𝑀 + 1)

By this method, we guarantee the adaptaion of the
filter transfer function from sample to sample based
on the local statistics of the speech signal.

4. LINEAR PREDICTIVE CODING
FILTER
Linear predictive coding (LPC) is defined as a digital
method for encoding an analog signal
in which a particular value is predicted by a linear
function of the past values of the signal. It was first
proposed as a method for encoding human speech by
the United States Department of Defence in federal
standard 1015, published in 1984. Human speech is
produced in the vocal tract which can be
approximated as a variable diameter tube.
The linear predictive coding (LPC) model is based on
a mathematical approximation of the vocal tract
represented by this tube of a varying diameter. At a
particular time, t, the speech sample s(t) is
represented as a linear sum of the p previous samples.
The most important aspect of LPC is the linear
predictive filter which allows the value of the next
sample to be determined by a linear combination of
previous samples. LPC is another method of
separating out the effects of source and filter from a
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If values for a[1..3] can be found such that e[n] is
very small for a stretch of speech (say one analysis
window), then we can transmit only a[1..3] instead of
the signal values in the window. The speech frame
can be reconstructed at the other end by using a
default e[n] signal and predicting subsequent values
from earlier ones. Clearly this relies on being able to
find these values of a[1..k] but there are a couple of
algorithms which can do this (one is covered in the
book). The result of LPC analysis then is a set of
coefficients a[1..k] and an error signal e[n], the error
signal will be as small as possible and represents the
difference between the predicted signal and the
original.
There is an obvious parallel between the LPC
equation and that of a recursive filter (y*a = x):
y[n] = -a[1]y[n-1] - a[2]y[n-1] - a[3]y[n-3] + ... +
x[n]
where we have rearranged the terms as in the text.
The LPC coefficients correspond to those of a
recursive filter and the error signal corresonds to a
source signal. Moreover, the conditions under which
the error signal is minimised in LPC analysis mean
that the error signal will have a flat spectrum and
hence that the error signal will approximate either an
impulse train or a white noise signal. This is a very
close match to our source filter model of speech
production where we excite a vocal tract filter with
either a voiced signal (which looks like a series of
impulses) or a noise source. So, LPC analysis has the
wonderful property of finding the coefficients of a
filter which will convert either noise or an impulse
train into the original frame of speech.
The input sample x(n) is extrapolated, i.e.
approximated by a linear combination of past samples
of the input signal:
𝑝

𝑥 𝑛 =

𝑎𝑘 𝑥(𝑛 − 𝑘)
𝑘=1

Because this is a prediction filter, we will always
have an error. This residual error is given by:
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𝑝

𝑒 𝑛 = 𝑥 𝑛 −𝑥 = 𝑥 𝑛 −

Linear Predictive Coding which were constructed
using MATLAB™ software. The results will be
based upon the Signal to Noise Ratio of the output
speech signal at each of the three filters.

𝑎𝑘 𝑥(𝑛 − 𝑘)
𝑘=1

The prediction error calculation can be implemented
by means of a FIR filter:

Below is the comparison of the Signal to Noise Ratio
for the three filters:
Sr. No

Kalman
Filter
The Z-transform of the prediction filter is:

Signal to Noise Ratio
White
Noise (dB)

Random
Noise (dB)

Color
Noise (dB)

0.03225

-4.0962

-16.3584

17.8923

5.6542

12.7895

0.03225

-4.0962

-16.3584

10.3654

3.1785

9.0123

.03225

-4.0962

-16.3584

18.3169

6.2391

14.6842

𝑝

Weiner
Filter

𝑎𝑘 𝑧 −𝑘

𝑃 𝑧 =
𝑘=1

Such that, E(z) = Z(z)[1 – P(z)]
Linear
Predictive
Coding

The Inverse filter can be defined as:
𝑝

𝑎𝑘 𝑧 −𝑘 𝑠. 𝑡 𝐸 𝑧

𝐴 𝑧 =1−𝑃 𝑧 =1−
𝑘=1

= 𝑋(𝑧)𝐴(𝑧)
For synthesis we use an approximation of the residual
as the excitation used as input to the all-pole (LPC)
filter, resulting on the model:

As we can see, Linear Predictive Coding has the best
Signal to Noise Ratio than both Kalman and Weiner
Filters.

6. CONCLUSION

𝑌 𝑧 = 𝐸(𝑧)𝐻(𝑧)
𝐻 𝑧 =

1
1
=
𝐴(𝑧) 1 − 𝑃(𝑧)

Speech enhancement is implemented using three methods
namely Linear Predictive Coding, Wiener filter and
Kalmanfilter. Weiner Filter has some disadvantages
like, it is suitable for stationary signals only but it has
problem like musical noise. But in our daily life, the
signals are not stationary and will vary randomly. To
overcome these problems, Kalman filter and Linear
Predictive Coding are used, which are time domain in
nature. It has overcome the disadvantages mentioned
in earlier method. Each method is implemented in
MATLAB™ and Signal to Noise Ratio values of
respective methods are compared. It is observed that,
among three methods,performance of the Kalman
filter and Linear Predictive Coding is comparatively
good forboth stationary and non stationary signals.

With optimal coefficients, residual energy is
minimized. The higher the coefficient order p, the
closer the approximation is to X(k).

5. SIMULATION AND RESULTS
We apply the noise contaminated speech signal to
each of the three filter models of Kalman, Weiner and
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7. FUTURE SCOPES
Future research directions are given in this section.
One extension to the proposed enhancement
algorithm would be to investigate sequential
techniques of noise parameter estimation. These
approaches estimate the unknown parameters to
maximise the likelihood at each time slice and thus
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allow adaptation to slowly varying noise. Another
path for investigation is developing the speech
enhancement system based on classification of voiced
and unvoiced speech. Performing the speech
enhancement by designing the different speech signal
estimators based on voiced and unvoiced
classification.
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