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Abstract: The goal of this research to realize the control humanoid type prosthetic movement used
for speech recognition principles. Also, the basic principles of speaker-dependent speech
recognition algorithms are introduced, a speaker-dependent speech recognition algorithm in the
implementation process of an upper machine is described, and the feature template library of voice
command is established. Ultimately, this information was used to test the performance of a speech
recognition system. Experimental results show that this method could detect blinks at high
accuracy signals and obtain an eigenvector, which achieved the goal of accurate prosthetic limb
movement control.
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1. Introduction
The prosthesis of voice control type has
incomparable superiority in helping paraplegic
patients to restore movement functions. Using the
voice information of patients and through the digital
processing technology, voice information is
transformed into the corresponding control
command [1-2]. The circuit is both simplified and a
new route for the development of multi-freedom
prosthetics is generated. At present, acoustic control
technology has been widely used in various fields. In
this paper, we first introduce the base principles of
the
speaker-dependent
speech
recognition
algorithm, and then describe, in detail, the speakerdependent speech recognition algorithm in the
implementation process of the upper machine [3].
After the establishment of a voice command, the
characteristics of the template library are applied to
test the performance of a speech recognition system
[4].

matching, and template library. According to the
system identification process, there are roughly four
steps: preprocess the voice of the input signal [5];
determine the beginning and end of the speech
segment using an endpoint detection algorithm;
extract the characteristic parameters of the speech
segment and save; judge the current state of the
system and determine if the characteristics
parameters of the extracted speech paragraph match
with the characteristic parameters of the template
library, thereby gaining recognition. If in the training
process, training statements will be stored in the
template library [6-8].

2. The Overall Diagram of a Speech
Recognition System based on the DTW
Algorithm
The overall diagram of a speech recognition system
based on the DTW algorithm is shown in Figure 1,
which is a pattern recognition system. It includes
basic units, such as feature extraction, pattern

Figure 1: Speech recognition principle block diagram
based on the DTW algorithm
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3. Pretreatment
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Figure 4: Speech signal "9" after the pre-emphasis
waveform
From Figures 3 and 4, the low frequency
interference signal shows obvious inhibition.

4. Endpoint Detection
In a speech recognition system based on the DTW
algorithm, both in training and establishing the
template and recognition phases, the endpoint
detection algorithm is used to determine the
beginning and end of the speech.

4.1 Short-time Energy
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Voice signal pre-processing generally includes an
analog filter, sampling, A/D conversion, and digital
filter. Analog filtering, sampling, and the A/D
conversion part are performed by the underlying
hardware. The analog filter needs an anti-aliasing
filter circuit to filter out the high frequency
components and prepare for sampling. The sampling
and A/D conversion process involves converting
analog signals to digital signals. The purpose of
sampling is time discretization to ensure that
information is not lost. Typically, the sampling
frequency is set at least twice the maximum
frequency of the analog signal [9].
Digital filter parts are performed by software,
and its function is to pre-emphasize the sound signal
of the high frequency part. The amplitude-frequency
response of the pre-emphasis filter is shown in
Figure 2.

Generally, the primary difference between the
speech and noise is that the energy of the voice
segment is larger than the noise [10-11]. The energy
of the speech segment is the sum of the energies of
the sound waves. Short-time energy En of N frame
speed signals is defined as:
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Figure 2: Pre-emphasis filter amplitude-frequency
response

m=0

Signal to be detected

The Windows "recorder" program recorded a
voice signal waveform "9", and a display of the
MATLAB effect is shown in Figure 3.
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Figure 3: voice signal waveform of "9"
Using the first-order high-pass filter 1-0.9375 - z 1 to process the recorded signal, the effect is shown
in Figure 4.
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The pre-emphasis speech signal after the "9" in
the short-time energy test results is shown in Figure
5, and the frame length is 128.
As you can see from the graph, The short-term
energy of the speech segment is significantly greater
than that of the silent segment [12-13].
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4.2 The Zero Rate
The short-time zero-crossing ratio is defined as the
number of a frame signal waveform through the zero
level [14], where the detection effect is very obvious
at atonic [15-16]. For a continuous speech signal,
zero passage means that the time domain waveform
is through the timeline. For a discrete signal, if the
symbols of the adjacent sampling values are
different, it is called zero passage. The short-time
zero-crossing rate of speech the signal is defined as
follows:

Zn =

N −1

1
| sgn[xn (m)] − sgn[xn (m − 1)] |
2 m =0

(2)

5. Parameter Matching

where：

( x  0)
1
sgn[x] = 
− 1 ( x  0)

Figure 7: Double threshold endpoint detection effect of
speech signals "9"

(3)

After the speech signal "9" is preweighted, the
test results of the short-time zero-crossing ratio is
shown in Figure 6. The frame length is 128, and the
threshold value is 0.03. It can be seen from the
diagram that the voice and mute zero-crossing rates
exhibit obvious differences [17-18].

Figure 6: Short-time zero-crossing rate of the “9”
speech signal

4.3 Double Threshold Endpoint Detection
Double threshold detection, as the name suggests,
requires two levels of endpoint detection, namely
the short-term energy detection and short-time
zero-crossing ratio. Four thresholds must be set
before starting a test, where a high threshold and a
low threshold for both short-term energy and shorttime zero are EHigh, ELow, and ZHigh, ZLow. With
the double threshold method [19-20], four threshold
adjustments must be made for the appropriate value
for testing, and the test results are shown in Figure
7:

If each frame number n = 1 ~ n of the test mode is
marked on the horizontal axis of a two-dimensional
Cartesian coordinate system, the frame number must
be m = 1 ~ m of the reference model on the
longitudinal axis. Then, a grid can be formed by
drawing horizontal lines from the integer
coordinates of the frame numbers, where each
intersection in the grid (n, m) represents the
intersection of a frame in the test mode with a frame
in the reference mode. The DTW algorithm can be
attributed to finding a path through a number of
lattice points in this grid, where the grid point of the
path through is the frame number calculated in the
test and reference mode (Figure 8).

Figure 8: DTW algorithm search path
To describe this path, assume that all lattice
points that are passed by the path are (n1, m1), (ni,
mi), and (nN, mN), Among them (n1, m1) = (1, 1) and
(nN, mN) = (N, M). The path can be described using
the following function:

mi =  ( ni )

，

ni = i , i =1,2, …,N

(4)

where φ(1)=1, φ(N)=M. So the path does not tilt too
much, the slope is constrained to a range of 0.5–2. If
the path has passed the lattice (mi - ni - 1, 1), then
the next through the lattice (ni, mi) can only be one
of the following three conditions:
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( ni , mi ) = ( ni −1 + 1, mi −1 + 2)

(ni , mi ) = (ni −1 + 1, mi −1 + 1)
(ni , mi ) = (ni −1 + 1, mi −1 )

(5)

the current buffer, and then add a new buffer for the
device to continue receiving data. The program
execution flow of double buffer data collection is
shown in Figure 9:

These three constraints are represented by η. The
problem of finding the optimal path can be summed
up to satisfy the constraint condition η:

ˆ (ni )
mi = 

ni = i , i =1,2, …,N

(6)

To achieve the minimum distance along the path
of the accumulation：
N

 D[ni, mi ] = min

ni =1
ˆ ( n )
mi = 
i

 (•)

N

 D[n , m ]

ni =1
mi =  ( ni )

i

i

(7)

where the minimum accumulator distance is the
optimal path. It is easy to prove that a limited range
of points (ni, mi) can only have a search path
through. For (ni, mi), the first lattice points that can
reach the point can only be (ni -1, mi), (ni -1, mi-1),
and (ni-1, mi-2). So (ni, mi) must choose the smallest
lattice point in this as the first continuous lattice. If
you represent this lattice with (ni -1, mi-1), the path
of the lattice is extended through (ni, mi) [10]. The
cumulative distance of this path is:

D[ni , mi ] = d [T (ni ), R(mi )] + D[ni −1 , mi −1 ]

(8)

ni-1= ni-1，mi-1 is determined by the type:
D[ni −1 , mi −1 ] = min{ D[ni −1 , mi ], D[ni −1 , mi − 1], D[ni −1 , mi − 2]}

(9)

So we can go from (n1, m1) = (1, 1), and then
calculate the cumulative distance of each lattice,
corresponding to each lattice point only through a
search path. When computing (nN, mN), only keep the
best path. The cumulative distance (nN, mN), which is
between the reference mode and test mode, is
obtained by using the DTW algorithm.

6. Software Implementation
6.1 Use VC++ for Audio Acquisition
After audio collection starts, the collected audio
sample values are loaded into the input buffer. When
the data in the buffer is full, the system will trigger
the WIM_DATA message, and the program will
process the audio data in the buffer in the
WIM_DATA message processing function.
When the WIM_DATA message is generated, this
indicates that the current input buffer for collecting
audio data is full, so the first thing to do in the
WIM_DATA message processing function is to unload
24

Figure 9: Program with a double buffer process

6.2 Pre-Emphasis
The program design of the pre-emphasis part
adopts the pre-emphasis method commonly used in
speech recognition, that is, the input signal passes
through a first-order high-pass filter 1-0.9375z-1. Let
x0(n), (0≤n<128) be the array of sampling values
obtained from the buffer, and x1(n) be the array of
sampling
values
after
pre-emphasis.
The
implementation process of the pre-emphasis
program can be described by formula (10):
n=0
 x (0) − 0.9375 * x0 (−1)
x1 (n) =  0
 x0 (n) − 0.9375 * x0 (n − 1) 1  n  128

(10)

where x0(-1) is the last sampled value in the buffer of
the last read. In this way, the filtering results are also
correct at the junction points of the adjacent buffer
data segments.

6.3 Endpoint Detection
The purpose of endpoint detection is to
determine the beginning and end points of the
speech segment in the audio signal, so that only the
speech segment can be recognized and the silent
segment cannot be processed. Two important
parameters are used in endpoint detection: shortterm energy and zero-crossing rate.
To judge whether the data in the current buffer
belongs to the speech segment or silent segment, the
short-term energy and zero-crossing rate of the data
should be analyzed first.
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In this design, the short-term energy is
calculated, where N= BUFSIZE/2 is the number of
Z =

N −1

1

 2 * [| sgn[x

1

n =0

(n)] − sgn[x1 (n − 1)] |] * u[| x1 (n) − x1 (n − 1) | −TH ]

where u(x) is defined as:

1 ( x  0)
u[ x] = 
0 ( x  0)

values sampled in a buffer. The short-term zerocrossing rate is calculated using formula (11):

(12)

(11)

As shown from the figure, the short-term energy
and zero-crossing rate of the burst noise are very
close to the real speech signal, which can be easily
misjudged as a speech segment.

sgn(x )has the same definition as formula (2). N =
BUFSIZE/2 is the number of values sampled in a
buffer. TH is a threshold value used in the program
to determine whether a signal crossing zero is valid.
The principle of calculating the short-time zerocrossing rate is that the sign of the two sampling
values is different, and the difference is greater than
the threshold value, which is the short-time zerocrossing rate plus 1.
The overall flow of obtaining speech segments
through endpoint detection can be illustrated in
Figure 10:

Figure 11: Short-term energy and zero-crossing rate
of a signal containing paroxysmal noise and a speech
segment

6.4 Pattern Matching

Figure 10: Process of obtaining a speech segment
using endpoint detection
However, this is not the end of endpoint
detection. First, some sudden noise can also cause a
high value of short-term energy or zero-crossing
rate, so the speech segment obtained through the
above process is not necessarily the real speech
segment.
Figure 11 shows the short-time energy and zerocrossing rate of a signal containing both burst noise
and speech, in which a small level change in the front
is caused by burst noise, and a level change in the
back is the speech signal.

The MFCC parameter matrix of the speech segment
is taken as the reference mode, and each MFCC
parameter matrix stored in the template library in
advance is taken as the test mode, and then the
distance between the reference mode and each test
mode is calculated by DTW. Comparatively, the
statement corresponding to the reference mode with
the smallest distance from the test mode is taken as
the recognition result, and the recognition result is
outputted through the text box on the interface.
Thus, in Figure 12, the grid points above the first
slash and below the second slash are grid points that
the path cannot reach.

Figure 12: Path constraint
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Expressions of the two slashes are shown in
Equations 13 and 14:

y m ax = 2 x − 1

(13)

1
1  x  ( M + 1)
2
y min = 2 x + ( M − 2 N )

(14)

8. Conclusions

1
N − ( M − 1)  x  N
2

In this way, only the frame matching distance and
accumulation distance of grid points between two
slashes (including the line) are calculated in the
program, so as to obtain the final accumulation
distance D[nN,mN]. This method reduces the
number of calculations without affecting the result.

7. The Performance of the
Recognition System Test

Speech

We randomly selected six participants to test the
software's ability to recognize the software. During
the training phase, we created an instruction set file
for each tester. Each file contains 20 voice
commands, and each voice command corresponds to
a one-parameter matrix. The length of voice
commands is between 1 and 10 words, and the
identification results are shown in Table 1.
Table 1. Each command (one test result)
The tester

gender

Recognition rate

A
B
C
D
E
F

male
male
male
female
female
female

90%
95%
90%
90%
100%
90%

As you can see from the test results, in the case of
training only once, the recognition rate of the
software can reach over 90%. If each voice command
is trained three times, that is, each voice command
corresponds to a three-parameter matrix, then it can
be identified, and the test results are shown in Table
2:
Table 2. Each command (three test results)
The tester
gender
Recognition rate
A
male
95%
B
male
100%
C
male
100%
D
female
95%
E
female
100%
F
female
100%
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As can be seen from Table 2, the recognition rate
can be greatly improved after several trainings of
voice commands.
After testing, the template library contains 20
voice commands. In the case of each voice command
corresponding to the three-parameters matrix, the
delay time of recognition is approximately 0.3 s, with
0.24 s time for tolerating mute time.

This paper introduces the basic principle of the voice
recognition algorithm based on DTW algorithm; the
realization process of speech recognition in vc ++ is
described in detail. It includes audio collection, preprocessing of data, pre-emphasis, endpoint
detection, extraction feature parameters, and pattern
matching. Using a set of self-summarizing formulas
to extract feature parameters, a global limited
method is used to reduce the computation of DTW.
Finally, the establishment method of the speech
feature template library is introduced, and the
software performance is tested. The experimental
results show that the software has a good
recognition effect for speech.
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