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TOM TAT

Bai bdo kién nghi thudt todn mang noron truyén thang nhiéu I6p (MLFNN) cho phdn logi tiéng
néi trong xe lan thong minh, trong dé trich ddc trung ciia nhitng lénh tiéng néi duoe thiee hién
s dung nhitng hé $6 dwa vao tan sé Mel (MMFC). Nhitng lénh dwoc nhdn biét cho diéu khién
xe lan la “Trdi”, “Phai”, “Téi”, “Lui” va “Dimg”. Hon nita, mot bo loc thong thap Hamming
duoc ap dung aé giam nhiéu truede khi trich ddc trung. Vay thi nhitng tin hi¢u lénh sau khi dwoc
nhén biét sé dwoc dwa vao diéu khién xe lan dién di chuyén. Nhitng két qua trong nghién ciru
nay cé thé hé tro nhitng ngueoi khuyét tdt sir dung xe lan mét cach dé dang va tién loi hon trong
cudc song va con minh chirng sie hiéu qud cia phwong phép kién nghi.

ABSTRACT

This paper proposes a Multilayer Feed forward Neural Network (MLFNN) for speech
classification in a smart electric wheelchair, in which with extraction of speech commands is
performed using a Mel Frequency Cepstral Coefficients (MMFC) method. Speech commands
recognized here are Left, Right, Forward, Backward and Stop. In addition, a Hamming low-
pass filter is applied to reduce noise before feature extraction. Therefore, the recognized signals
will be used to control the electric wheelchair. Results of this study possibly support disabled
people using the wheelchair to move easily and more convenient in everyday life and also show
to illustrate the effectiveness of the proposed approach.

Keywords: MMFC feature extraction, Speech classification, Hamming low-pass filter and
Multiplayer Neural Networks.

and DTW model is simple [4], do not take
more training time, but lower accuracy than
the HMM.

I. INTRODUCTION

Many severely disabled people, who are
increasing in the world, are difficult in
community life. Assistive devices always
encourage their movement in daily activity.
Speech recognition is an active and popular

The voice recognition system is used to detect
the attendance of speech in a background of
noise. The beginning and end point of a word

method, used to translate human voice into
commands. The model commonly used in
identification as: Hidden Markov Model
(HMM)[1], Vector Quantization (VQ),MFCC-
DTW and neural networks. Identification used
in wheelchair control, letter recognition [2], or
number count [3]. Moreover other the HMM
has high the accuracy, however it is very
complex and the training time. The MFFC

should be detected for processing words.
The main difficulty of speech recognition is
the same word spoke by different speakers
depending on speaking styles, tone, regional,
genders and speech patterns. In addition, noise
and change of signals over time are problems
considered in speech recognition.

Speech recognition plays an important role
in an intelligent wheelchair system using
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microphone. MFCC and DTW algorithms
are applied for feature extraction and
identification [5]. Speech commands such as
left, right, forward, backward and stop will
be recognized for an electrical wheelchair
control. Experiments with identified speech
commands using the proposed method will be
performed by users.

In the word, the number of disable people
about 15% of the population. Moreover
people with disabilities feel isolated and do
not have access to the same opportunities as
other within their own communities. Those
are reasons why an intelligent wheelchair
was. For more convenient in modem life,
electric wheelchair is improved day by day
and a smart wheelchair is inevitable need.
The smart wheelchair is designed to be used
for indoor environment and user can easily

control it by speech commands. In fact, when
the user speech to the wheelchair to move
using commands [6], microphone, in which
the microphone carries each command to
computer through software for wheelchair
control.

Neural networks have been applied for
identification of signals based on their
features. In this research, authors used the
neural networks for letter recognition [7]
or identification of count numbers [8]. In
this paper, the ALFNN will be employed
in an electrical wheel chair speech signals
corresponding to control commands such
as left, right, backward, forward and stop.
Experimental results on the wheelchair will
be shown to illustrate the effectiveness of the
proposed method.

II. MATERIAL AND METHODS
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v
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Figure 1. Block Diagram of Methodology.

A user will perform an electronic intelligent
wheelchair control using user commands such
as: Left, Right, Backward, Forward and Stop.
A speech signal of user is recoded in interval
of 2.5 s and all signals are pre-processed with
sampling frequency 16 KHz and then feature
extracted for identification. The voice signal
uses a combination of features based on the

MFCC and voice activity detection. The DTW
algorithm is used to discriminate the speech
into respective classes.

1 Feature extraction

As shown in Fig.2 of Feature extraction using
the MFCC that consists of computational
processes.
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Figure 2. Block Diagram of Feature Extraction.



* Pre-Emphasis

This step processes with purpose of offset
high frequency components. In particular
speech signal is processed using a filter which
emphasizes higher frequency. This process
will increase the energy of signal at the
higher frequency. The output signal of the Pr-
emphasis is computed the following equation:

H[n]=u(n)—-au(n-1) )

where H[n] is the signal output of the pre-
emphasis process, u(n) is the voice signal,
typical value of a = 0.95 (>20dB gain for high
frequency). The result pre-emphasis process is
shown in Fig.3

* Framing and Windowing

The signal after Pre-emphasis is segmented
due to the voice signal is continuous with
time. The voice reliability can be ensured for
a short time. Process frame cannot wait for
last sample, which split reduces the signal
discontinuities at the beginning and end of
each frame, in which the frame length from
10 to 30 msec. The speech signal is divided
into frames of N samples. This process is
important to retain short term features. Short
time analysis is performed by windowing the
signal. Normally the Hamming window with
(W(n), 0 <n>N-1) is used and its equation is
given as follows:

Y(n) =HMmM)xW(n) )
where N is the number of sample in each
frame, Y(n) describes the output signal and
H(n) is the input signal. In particular, the result
Hamming function is shown as:

W(n) = O.54—O.46cos( 27n j
N-1 3

Figure 4. The signal
is framed

Figure 3. Pre-emphasis
of signal
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e Mel Filter bank

Human hearing is not equally sensitive to
all frequency bands. It is less sensitive at
higher frequency, roughly greater than 1000
Hz, human perception of frequency is non-
linear. The Mel spectrum is the total spectrum
of the signal spectrum after discrete Fourier
transform multiplied by the weight of the Mel
filter. Mel filter bank is series of triangular
filter of the form at the center frequency and
then if decreases linearly to zero at the center
frequency of two adjacent filters [10].

Figure 5. Mel Filter bank with frequency band
from 50 to 5400 Hz, the number of filter bank
is 20.

Each filter output is the sum of its filtered
spectral components. The equation is used to
compute the Mel for given frequency fin Hz:

f(mel) = 25951og,,(1+ L)
100 (4)

e Discrete Cosine Transform

In this final step, the log Mel (mel) spectrum is
converted to time. The result is called MFCC.
Because the Mel spectrum coefficients are
real numbers, we can convert them to the time
domain using the DCT. The set of coefficient
is called acoustic vectors. Therefore, each
input utterance is transformed into a sequence
of acoustic vector.

e Delta Spectrum and Delta Energy

The DCT is done on Mel spectral coefficients
[9] of each frame, hence obtaining the MFCC.
The first 2 coefficients of the obtained MFCC
are removed as they varied significantly
between different utterances of the same
word. Littering is done by replacing all
MFCCs except the first 14 by zero. The first
coefficient of the MFCC of each frame was
replaced by the log energy of that frame. Delta
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and acceleration coefficients are found from
the MFCC so as to increase the dimension
of the feature vector of the frames, thereby
increasing the accuracy. The energy in a frame
for a signal in a window is stored in an array
and the values are used to detect the threshold
energy of speech signal and noise removal,
the energy is represented using the equation
following:

N-1 5
E=) x"(n)
; (5)

Figure 6a. Energy of
signal

Figure 6b. Smooth
energy of signal

2. ALFNN algorithm

For recognition of speech commands, an
ALFNN model is applied for training. The
most neural networks are trained relationship
between the output and input before use for
recognition.

The back-propagation network is to minimize
the error function in the weight space using
the reduced gradient method. Because of
this method of calculating the gradient of the
error function at each iteration requires that
the error function should be continuous and
indivisible [11].

The back-propagation algorithm is applied to
find the local minima of the error function.
Therefore, the gradient of the error function
is calculated to change the initial weight
values for the network. The weights are the
parameters changed to reduce errors.

In this research, the number of hidden layer
neurons is calculated dependent on many
parameters such as the number of nodes of
the input —output, the training sample set.
Therefore, the number of the hidden layer
neurons is determined using the following
equation:

(6)

where I is the number of the input nodes, O
describes the output size and Q is the length
of the training set.

III. RESULT AND DISCUSSION
1. Signal processing

After running the algorithm, the result
obtained. A user speaks words: left, right,
backward, forward and stop, and then the
system saves them. The input words will be
recognized corresponding to the template
with the lowest matching score. The ALFNN
algorithm is used for distance calculation
between the tested speech and the reference
word bank. The signal to band-pass filter with
cut off frequency interval [80, 1200] Hz. The
signal has sample rate 11025 Hz [12] and
voice is recorded interval 3 sec per word.

Figure7b. Distributed
frame

Figure 7d. Identified
signal

Figure 7c. Energy
signal

Figure 7a is the original input signal and
figure 7b represents the distributed frame of
the signal, in which this frame is to split the
discontinuous signal at the beginning and
end of each frame having the length from 10
to 30 ms. Fig. 7c shows the energy of signal
smoothed using a threshold. In figure7d,
the signal is identified. All of the identified
signals of user are applied for the electrical
wheelchair control to reach the desired target.



2. Signal recognition

After extracting speech features using the
MFCC algorithm, one obtained 13 feature
coefficients, 13 energy factors and 13 delta
coefficients of phonetics, but the first two
coefficients of features were removed due to
the different pronunciations of the same word.
The feature vector inputs to the neural network
for recognition.

Type of neural network used here is amultilayer
feed forward algorithms trained with back-
propagation, consisting of one input layer, one
hidden layer and one output layer. The number
of input neurons is set to35values of the feature
vector, the number of output neurons is equal
to five identifiers corresponding to commands
such as left, right, backward, forward and stop.

In this experiment, with five outputs, 5000
training samples for each ward employed.
Therefore, the number of the maximum
hidden layer neurons is 25 and each neuron is
a linear function. Moreover, the performance
of the network depends on the quality of the
signal related to pre-processing and feature
extraction. The result of words recognition
using the ALFNN is shown from figures 8a to
8e.

Figure 8a. Classified
“left” signal

Figure 8b. Classified
“right” signal

Figure 8c. Classified
“backward” signal

Figure 8d. Classified
“forward” signal
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Figure 8e. The signal of “stop” command.

3. Wheelchair control

The signal recognition is the output to the
wheelchair control through USB-6008 of NI
Company, the output voltage level of USB-
6008. The voltage signal output is taken down
motors of the wheelchair to control electric
wheelchair movement as left, right, backward,
forward and stop. The model of the electric
wheelchair is shown in Figure 9, in which user
is driving it using speech commands.

Figure 9. The model of an electric wheelchair:

Speech word has been identified using
the ALFNN algorithm for controlling an
electric wheel chair. The accuracy of words
classification for wheelchair control is
shown in table 2, in which the test result was
performed 40 times.

Recognition results with the neural networks
corresponding to changing hidden layers,
hidden layer neuron sofl 0 and 15 obtain the
different accurate identification results. With
10 hidden layer neurons, the recognition
results are lower than the hidden layer neuron
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sofl5, but the training time is faster. With
this ALFNN, the accuracy of the wheelchair
control is shown intablel.

Table 1. The accuracy of wheelchair control
using the ALFNN

Words Hidden layer Accuracy
neurons (%)
10 86.25
Left
15 98.75
_ 10 88.25
Right
15 94.50
10 82.00
Backward
15 95.50
10 89.00
Forward
15 95.25
10 88.25
Stop
15 94.50

A comparison between two ALFNN and
hidden Markov models was made to identify
individual words in Arabic [13].In this paper,
the ~ NNmethodusing]l3AMFCCand  delta
coefficients, in which the 256-pointsFFT

method was used to find the energy spectrum
of the signal, using Mel filter bank with 24
banks. The accuracy is about 89% in a clear
environment

IV. CONCLUSION

In this paper, speech signals were filtered
by the Hamming low-pass filter and features
were extracted for words classification using
the Mel Frequency Cepstral Coefficients
(MMFC) method. From the MMFC
coefficients, the Multilayer Feed forward
Neural Network (MLFNN) was utilized to
classify speech words. Therefore, the words
were used to control the electric wheelchair
for disabled people in the indoor environment.
The effective results were obtained after
classification using the ALFNN.
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