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I. INTRODUCTION

The usage of speech processing systems for voice
communication and recognition tasks are now very
common due to the increasing power and the falling
cost of digital signal processors. There are many
examples in product form of speech processing
systems that are using voice communication. The
common example is the cellular radio telephony
system. There are many other examples like use of
hands-free input systems. The hands-free can be used
for voice activated security systems in which
recognition is involved. Voice dialing through hands
free is also an example of voice recognition. The more
natural way to communicate with the system is
speaking rather than typing commands or giving input
by either means. These systems will be efficient if
they are faster in speech processing and accurate in
speech recognition.

The presence of different noises like:

e  Background noise
e  Channel noise
e  (QQuantization noise

degrade the system performance significantly like
speech coders and voice recognition systems so we
have to take some pre-processing step in these
systems by incorporating speech enhancement to
eliminate noise [1, 2, 3].

Different types of noise require different noise models
and their own unique set of solutions. The scope of
speech enhancement explored in our paper is focused
on the suppression of background noise. (It has been
an active research for more than 30 years)

oise is present in many situations of daily life and it
never be avoided. Microphones will capture both
sired noise and desired speech But the goal is to

a-filtering should be done in order to ﬁlter a s1gnal in
move noise. So we can define processing of
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pm the observed signal Y(n) , where
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called filtering. ”
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transform domain.

Furthermore, most of the algorithms, in order to
remove noise from the noise corrupted speech signal,
only modifies the spectral amplitudes of the noise



corrupted speech signal and leaves the noise corrupted
phase information. Hence one of the main advantage
of using the transformation is that the problem of not
correcting for the phase will result in less severe
consequences.
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Figure 2: Comparison Of Energy Compaction

There is no phase component. Amplitude estimator is
obtained on the assumption that amplitudes of both
the noise and clean speech signal modeled by zero
mean Gaussian distributed random variables in the
frequency domain [4].

I. COMPARISON OF DCT WITH DFT

A. DCT Versus DFT

DCT compact the speech signal well as compared to
DFT and because of its good energy compaction
property, it is widely used in image compression
applications, noise reduction etc. The reduction of
noise can be obtained quite easily if the energy of the
signal is compacted into few coefficients but if noise
is white noise. Discrete Cosine Transform as
compared to Discrete Fourier Transform provides
higher compaction of energy that is get from the
previous work on speech coding [5].

In this experiment show the energy compaction of the
DCT from DFT has been illustrated using the actual
speech signal. In this experiment we first take a
sample clean speech and then it is divided into frames
with 50% overlap, and the transform is performed.

After transformed into transform domain we take
coefficients and sorted them according to their
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ients  and enhanced coefficients
<a@as follows:
XU =0 )Yk (1)
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magnitudes and the n coefficients with lowest energy
are set to zero. The clean speech is then reconstructed
by using the weighted overlap and adds technique [6].
The mean square error is then computed. Then we
plot mean square error and the coefficients n for both
the DFT and DCT in Figure 2.

It can be clearly from the figure 2, that DCT provides
better compaction and lesser MMSE as compared to
DFT.

DFT only attempts to correct the noisy amplitude but
not the phase component. The effects of phase on the
signal discussed in [7], if the signal is out of phase by
n/8 on which DFT is applied then the signal is
distorted or rough. Therefore it is not possible to leave
the phase, by doing this basically we damage the
speech signal. But in case of DCT the coefficients are
real. So there is no phase component which means
DCT have an advantage over the DFT over the
problem of the phase.

II. MINIMUM MEAN SQUARE ERROR
FILTER FOR DCT
The following derivation uses the same notation as
that was used in section 1. The transformed signals of
the clean speech, noisy speech and the noise be
denoted by X (k), Y (k),and N (k), respectively, where
k denotes the position of the coefficients in the
ansform  domain.X (k) represents the estimated
amplitude. The assumption used here is that we use
ultiplicative filter to obtain the enhanced
oeffigients, the relationship between the noisy
can be

Hgre @@ﬁnd an expression for W(k). W(k)
Minimizes thé mean square error between X(k) and
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where E[.] denotes t s ctéc}h{m operator. By
differentiating Equation 3) wi}h@peit to W(K) and
equating to zero, we have: #
q 5 \\_ \
/
= 2W (E[Y (k)] — 2E[X{k)Y (k)]
\

=0 (5)
This implies that
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Siac€ X(ky?and N(k) can be modelled as zero
mean% varisblys which are independent of each

other, E X( =0~ Hence W(k) can be expressed
as: e | ) b
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X (k). can be represented asws _
szk) i # 7
1) + an(kly(")) (10
b )Y

00
(k) +1

Xk) =
Or

k) = Y (k

Where

Ax (k)
HOMS 0 (12)

&(k) is known as the priori SNR by some authoys.

above derivation shows that the MMSE ampljtude
estimator is the Wiener filter for the real trans(o
case.

Methods for estimating the A,(k) are discussed in
detail in [8, 9]. So we assume value of A,(k) is
known in our paper. For estimating the 4, (k) we use
the approach known as Decision Directed Estimation
develuped by Ephraim and Malah [10, 9] in our paper.
The estimate 4, for A,is given by the following
formula.

A (k)
= aj;(k)p

+ (1 —a@) max{Y(k)* — 2,(k),0}  (13)

Where max {} is the maximum function used to
ensure that a non-negative value is obtained as an
estimate ,Z{'(k)pshow the estimated value of previous
frame. ais the constant, we adjust it in order to
achieve better results, its significance is same as
Nyquest theorem for sampling.
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=0.8 Musical tone in the residual noise.
<= 0.98 Better results achieved.
=1 Severe distortions heard in Speech
= signal.

Table 1: Constant Settings For Better Results

I. RESULTS& DISCUSSIONS

We acquired the speech signal and noise from the real
time environment via microphone in our paper. The
duration of the speech signal and noise are 9 seconds
and sampling frequency 8000 samples/second. The
proposed speech enhancement algorithm tested on the
clean speech data with bandwidth 4000 Hz and
corrupted by the fan noise. Then corrupted speech
data are divided into frames of 256 samples with an
overlap of 192 samples with the neighboring frame.
Then before enhanced to each frame, Hanning
window is performed on each frame individually and
pass through the DFT/DCT transform stage. The
magnitude and phase of complex coefficients are then
separated. The magnitude of the noisy speech is then
filtered while the phase is left untouched. After the
filtering is applied the filtered magnitudes are then
combined to the phase and inverse transform is
applied. The final enhanced speech is reconstructed
from the enhanced frames using the weighted overlap
and adds technique [11]. The block diagram of the
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Figure 6 and 7 shows the effect of DFT and DCT
filters on the noisy speech (clean speech + noise) and
it can be seen that significant amount of noise has
been removed.
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Figure 6: Signal obtained with DFT Filter
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Figure 7: The signal obtained with DCT Filter

For clear understanding of noise reduction in
transform domain, spectrograms for clean speech,
noise and effects of different filters on the noisy
speech are depicted in the Figure 8 to 11.

Clean Speech

oo 's]
1 i

Frequency
e

¥ 10
T
Figure S:Wm of desired speech signal

Fan Moise

5]

Freguency

15 =

Time

4
X 10

Figure 9: Spectrogram of noise signal
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Figure 11: Spectrogram of signal obtained with DCT
Filter

From the comparison between the clean speech and
enhanced speech it is concluded that more than 85%
of the noise is removed by using DCT filter and
output signal is much more intelligible than its
counterpart DFT filter output. Thus in the proposed
schema DCT based MMSE filters outperforms DFT
filters when used for speech enhancement in a real-
time environment.

I. CONCLUSION

This paper presents the real-time transform based
speech enhancement scheme proposed in [4] using
MATLAB. The speech signal is corrupted by various
noises. Table 2 gives the average powers of corrupted
and processed speech signals in transform domain for
various types of mnoises and shows speech
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enhancement by filtering out noise in transform
domain based on DCT filters which is better than its
alternative DFT due to better energy compaction
property of DCT.

The improvement of overall schema is measured in
terms Minimum Mean Square Error (MMSE) after
obtaining Wiener filter coefficients W (k) as
described in section III that minimizes the mean
square error between clean speech and processed
speech. Table 3 compares Minimum Mean Square
Error (MMSE) in transform domain between DCT
coefficients of clean speech signal X(k) and
processed speech signal X (k)(equation 2 of section
IIT) for various noises.

).
7’/

Noise Average Average Amount of
Power Power Filtered
(Corrupted (After Noise
i) | Pttt | pecp
: (©)
FOXER AN(Y (P)
1 N
-y %
Fan 5.6664e-004 | 2.5229¢-005 | 5.41411e-004
F16 3.1e-003 6.1762e-005 | 3.03824e-003
lane
abb 3.3e-003 4.6923e-004 | 2.83077e-003

Table 2: Average Powers

- MMSE
( /‘Ean\ 6.4146e-005
\ Rl 9.5310e-005
\Jabble 5.0687¢-004
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Table 3: MMSE (Minimum Mean Square Error)
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