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ABSTRACT: The objectives are to improve the utilization efficiency of robots and 

accelerate the intelligent development of mechanical assembly robots, thereby boosting the 

development model of human-computer interaction. First, the definition and composition of the 

embedded system are expounded, and the characteristics of the embedded system are 

introduced in detail. Second, the application principles and speech recognition methods of the 

optimized Advanced RISC Machine 9 (ARM9) embedded operator are introduced. Finally, the 

Pocket Spinx (PS) speech recognition technology is used for embedded optimization of robotic 

mechanical assembly. The research results show that compared with other systems, the 

embedded system can generate a technical system that matches the target according to different 

targets. It is characterized by unique application, immediacy, short code, and stable operation. 

ARM9 is a popular embedded operator. The operator is moderately priced and stably operated. 

Its internal core devices can be updated to differentiate into different series. PS speech 

recognition is an innovative change to the embedded hard components of the system. After 

being loaded to the personal computer, a specific discourse mode can be established. PS speech 

recognition technology can be smoothly embedded into the mechanical assembly robot, 

improving the speech recognition ability and working ability of the mechanical assembly robots, 

which provides a powerful basis for the intelligent development of the robots. 

KEYWORDS: Embedded system; Ps speech recognition technology; ARM9 embedded 
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1 INTRODUCTION 

With the development of science and technology 

in the new era, robots have emerged from all walks 

of life. Robots can imitate human language actions. 

In addition, after the robots are loaded with relevant 

program software, they can complete the 

corresponding technical actions. At present, the 

leading powers of robot technology, such as the 

United States and Japan, regard robots as a helper 

for transferring raw materials and equipment, or for 

special purpose equipment. Software programming 

allows robots to perform the work required by 

humans, as well as industrial operations [1]. 

In China, many special industrial atmospheres 

are too difficult to implement the corresponding 

operations, and the instrument assembly robots are 

needed urgently. Therefore, the research on 

intelligent instrument assembly robots is imminent. 

The robot control systems include systems that 

incorporate programmable logic controllers, 

systems that incorporate personal computers, and 

systems that incorporate microprocessors [2]. The 

relevant researches cover multiple subject areas 

with extremely complex contents, which makes the 

research requirements for the mechanical assembly 

of robots get increasingly higher. Therefore, the 

embedded system implantation technology of 

mechanical assembly robot has become a research 

direction that robot researchers worldwide are very 

keen on. It directly determines the braking 

performance of the robot and the realization of 

various functions. The embedded system has the 

characteristics of simplicity, exquisite performance, 

strong performance, and strong practicability, which 

has been widely used in the research and design of 

robots [3]. 

The current research status of embedded systems 

in robot design is the emphasis of this study. The 

application principles of the optimized Advanced 

RISC Machine 9 (ARM9) embedded processor are 

introduced. Then, the Pocket Spinx (PS) speech 

recognition technology is used to optimize the 

mechanical assembly of the robot, making the 

mechanical assembly robots capable of speech 

recognition during works so that the working 

efficiency of their mechanical components is greatly 

improved, which provides the powerful driving 
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force for the intelligent development of mechanical 

assembly robots. 

2 EMBEDDED SYSTEM 

2.1 Definition and composition of embedded 

system 

First, embedded systems are systems that require 

a lot of technologies, rich knowledge, and gradually 

updated creativity [4]. The system was created by 

the interaction of network technology, 

microelectronics technology, general information 

technology, and inductive transmission technology 

with the target of the action. The embedded system 

represents the latest technological level. The system 

can generate a technical system that matches the 

target according to different target targets. It is also 

the signature feature of the embedded system that 

distinguishes it from other technical systems, that is, 

it can be specially designed according to the target. 

Second, the embedded system includes core 

equipment, power programs, working software, and 

actual application software [5]. Generally, it can be 

divided into hard devices and soft devices, as shown 

in the following figure: 
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Figure 1. The structure and the composition of the embedded system 

 

Hard devices consist of embedded micro-

operators, memory, universal devices, and access 

ports. The embedded micro-operator is the core 

component, which is updated by the general 

computer core processor. Compared with the 

general computer core processor, it has the features 

of small footprint, low cost, and high practical 

performance. The internals of the embedded system 

must have the memory to save the input codes and 

commands, and the embedded micro-operator can 

directly use the core components. The equipment in 

the embedded system can communicate with 

external devices so that the micro-computer can 

import and export information. Soft devices are 

composed of embedded systems and information 

systems. 

2.2 Features of embedded system 

The main differences between embedded 

systems and other systems are as follows: 

First, the only applicability. The embedded 

system is updated for the target. The parts that have 

no use-values are removed, and the system 

corresponding to the target is formed, which is only 

applicable to the current target; in addition, its 

internal components and external components are 

very complicated, which makes the system can only 

be used by the target. 

Second, immediacy. The components of the 

embedded system can provide real-time feedback 

on external information, as well as making timely 

and accurate responses according to different 

requirements. 

Third, short codes. Compared with the ordinary 

core processor, the hard device of the embedded 

system uses fewer kinds of materials. Therefore, the 

codes imported in the actual applications are short, 

thereby reducing the space occupied by the core 

computing device to prevent the performance of the 

system from being affected. 

Fourth, stable operations. Most of the embedded 

systems are used in a relatively difficult working 

atmosphere. At the same time, the systems have to 

operate for a long time in such kind of atmospheres. 

Thus, the operation process of the embedded system 

must be stable. 
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2.3 The operational principles and speech 

recognition of Advanced RISC Machine 

9 embedded operator 

The current robotic embedded operators include 

Advanced RISC Machine, ST Microelectronics 

(STM), and digital signal processors. Advanced 

RISC Machine is a 32-bit reduced instruction set 

processor widely used in embedded system designs. 

Its features include high efficiency, low costs in 

production and operation, and the unchanged length 

of instructions at all levels. The internal core device 

of the processor can be updated to differentiate into 

different series. Among them, the ARM9 [6] is a 

popular embedded operator. The price of the 

operator is moderate, and the performance is stable, 

making it popular among robot research centers 

worldwide. 

First, the S model processor of ARM9 is used as 

the core operator. The systematic operating 

frequency is 401-535 MHz, internal range, which 

uses more than 15 B of information. The power 

supply and signal reception of the S model operator 

have high standards of performance, which can 

shield the external impurities and temperature 

changes and is also very suitable for the difficult 

industrial operating atmospheres. Its internal storage 

is larger than that of the M model processor, which 

is greater than 120 M. Also, it can be controlled 

through touchscreens, and the bottom deck can be 

self-propelled. The biggest advantage of the S 

model operator is that it can start the chip without a 

computer and directly load the embedded system 

such as the Unix computer operating system in the 

Trans-flash Card. 

Second, when the mechanical assembly robot 

performs speech recognition, the core task is to 

collect the voice sources. The mainboard of the S 

model operator has the import and export 

performance of the voice sources. The voice can be 

imported and amplified from a specific interface. 

The language is exported, and the device for 

analyzing the voice sources is a cost-effective voice 

processing motherboard manufactured by 

WOLFSON [7]. The schematic diagram is as 

follows: 
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Figure 2. WOLFSON voice processing motherboard 
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It can be seen from the above figure that there 

are three components related to speech recognition, 

and the frequency calculation equation of voice 

sources is: 

s
f N f s  

                                            (1) 

In the above equation, f is the frequency of the 

voice source, N is the number of voice channels, fs 

is the number of samples collected per second, and s 

is the number of audios collected. The 13th 

component is capable of different channel 

transitions. If the component exhibits a higher 

potential, then the L channel is being introduced at 

this time. Also, if it is at a lower potential, the 

component is introduced with the R channel. The 

11th component is capable of encoding the audio 

operator. The core task is to collect the A and D of 

the voice sources, whose frequency is usually about 

260 times or 385 times of the fs. Therefore, the size 

of fs should be determined with caution and cannot 

be set casually. For different scenarios, the specified 

values include 8 and 16, and the measurement units 

are all kHz [8]. 

To store and receive the voice sources, it is 

necessary to alternate A and D, that is, to collect the 

voice sources and then use a specific converter to 

make quantitative changes. During the process of 

inputting the voice, after collecting the voice 

sources, the sound source is converted into digital 

code by the ADC characteristic; then, the special 

operator is used to collect the digital code set in the 

voice board. If the collected sound source is to be 

played, the sound source is exported to the voice 

master operator through a special operator, and the 

digital code is replaced with the voice output by 

using the DAC [9]. 

3 EMBEDDED OPTIMIZATION OF 

MECHANICAL ASSEMBLY OF 

ROBOTS BY PS SPEECH 

RECOGNITIONTECHNOLOGY 

3.1 The connotation of PS speech 

recognition technology 

First, PS speech recognition technology is an 

innovative change to the embedded hard 

components of the system [10]. Its capacity and the 

amount of content that can be calculated are 

relatively small. PS speech recognition can achieve 

high efficiency, high-resolution efficiency, and low 

raw material usage in embedded systems. It is 

suitable for continuous audio analysis with a small 

voice volume. It can play a role in the Linux 

platform and can also be used in other kinds of 

embedded platforms, whether a transferable 

platform or an open platform [11]. 

The core device of PS speech recognition 

technology uses the SCHMM model [12], which is 

composed of two parts, i.e., sound and discourse. It 

can realize the statistics of speech-sound probability 

and syllable-code probability. Its continuous speech 

recognition is shown as follows: 
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Figure 3. The structure of continuous speech recognition system 
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As can be seen from the above figure, the 

continuous speech recognition system includes 

special performance selection, sound analysis, 

speech analysis, and acquisition calculation method. 

The special performance selection refers to 

extracting the collected sound sources and 

extracting the core areas of the sounds, then using 

the MFCC method to calculate the representative 

parameters of the collected sound sources. The 

sound analysis refers to the processing and analysis 

of the representative parameters obtained by the 

method so that the sound analysis model can be 

initially obtained. Speech analysis refers to the use 

of special analysis tools to exercise these words 

based on the relationship between words and 

sentences. The acquisition calculation method refers 

to using a special algorithm to find a relatively 

high-frequency statement in the speech source in 

the sound and speech modes. 

3.2 Being loaded to personal computers 

Because the hard device of the embedded system 

has the stipulation of the quantity and nature, some 

complicated data information cannot be solved once 

and all. Therefore, all the operation steps of the 

speech recognition must be performed on personal 

computers [13]. Inside the personal computers are 

the sound and voice modes that have been 

debugged. The PS voice recognition technology can 

be used to distinguish the collected voice sources. 

The embedded system used at this time is the Linux 

series [14]. The components used to complete the 

speech analysis on the personal computer are shown 

in the following table: 

Table 1 The components of personal computer speech recognition 

Components Characteristics 

PS speech recognition Discriminative collection network edited by special 

tools for speech recognition 

The embedded speech recognition engine Performance analysis and collection of voice sources 

CMUclmtk Statement system debugging software 

Sphinx Train Sound system debugging software 

Ant series Boast platform language editor 

 

The assembly of personal computers is as 

follows: 

The first step is to load the embedded speech 

recognition engine (Sphinxbase) according to the 

specific code instructions. Sometimes it is necessary 

to know whether there is an installation package for 

the code instruction on the personal computers 

during the execution of one of the code instructions. 

Without the relative installation packages, the error 

instructions given by the screen interface will be 

analyzed to use the special codes to load the 

installation package. In general, Sphinxbase is 

loaded into the default area. 

The second step is to load the Pocket Sphinx 

according to the specific code instructions. The 

component needs the support of those components 

in the first step. Then, the special code instructions 

are used to add Sphinxbase to Pocket Sphinx and 

edit according to specific steps. Afterward, the code 

translation and assembly of Pocket Sphinx is 

performed. After completion, the special code 

instructions can be opened to check whether the 

assembly is completed. 

The third step is to load the Sphinx Train. This 

component is used during the sound debugging 

process; therefore, it needs to be loaded at this step, 

and the loading is completed with special scripts 

and code instructions. 

In the fourth step, the CMUclmtk component is 

loaded. The installation of this component is the 

same as the above steps, and the specified code 

instructions are used to load a large specific area. 

The fifth step is to load the ant series. This 

component is a cross-platform language editor, 

which contains most of the Chinese and English 

letters, as well as the Arabic numerals. It is also 

used in the debugging process of the voice. It is 

loaded into a specific area according to the special 

instruction code. 

3.3 Constructing a specific discourse 

(CMUclmtk) mode 

The specific discourse mode includes two 

modes; one is a grammatical-centric discourse mode 

and the other is a statistical-centered discourse 

mode. The specific discourse (CMUclmtk) mode 

[15] is a discourse mode with statistics as the core 

and uses a huge amount of content information to 

become loaded content. Its calculation method is 

based on the N-ary model. 

Second, the N-ary model is a general model for 

the analysis of continuous speech sources. Its core 

idea is demonstrated as follows. If there is data: 

1 2 3
z , , ,

n
Z z z z   

                                        (2) 

Then, the factor determining the n-th word is the 

(n-1) th words, and the remaining words in the set 

cannot affect the n-th word. The probability of the 

sentence is the multiplication of the probability of 
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its member words, as shown in the following 

equation: 

 1 2 11
(w ) | w , ,

n

i xx
P p w w w


   

             (3) 

In the above equation, n is expressed as a class 

number, which indicates the accuracy and 

compositional diversity of the discourse mode. It is 

supposed that the following words are only based 

on the previous word as the reference standard, 

which is called the two-dimensional grammar. If the 

following words are only based on the two previous 

words, it is called three-dimensional grammar. Both 

grammars are very frequently used, and the 

feedback results are excellent. Dimensional 

grammars larger than three are not used since the 

more semantic elements are needed in the process 

of increasing the number of classes, the more the 

time is consumed. However, the quality of 

discourse is not improved and guaranteed. In the 

specific disclosure (CMUclmtk) mode, two-

dimensional grammar and three-dimensional 

grammar are alternated, that is, p (w3|w2) and p 

(w4|w3, w2). 

Finally, according to the discourse flow of the 

above model, a file capable of code manipulation is 

set. Then, a disclosure mode is generated according 

to a specific code instruction, which is a document 

required for decoding of the last core hardware 

device. 

3.4 Embedding PS speech recognition 

technology into mechanical assembly 

robots 

First, the PS speech recognition technology 

selected in this study is based on the ARM9 

embedded system, and the speech recognition 

technology is based on the semi-persistent Markov 

statistical model [16]. 

The central part of the Markov statistical model 

is the uncertainty of the variation, which is 

transformed by the Markov chain. The 

transformation is to increase the randomness on the 

Markov chain; therefore, the Markov statistical 

model can be expressed as the Double-random 

pattern of the Markov chain. Its composition 

diagram is as shown in Figure 4: 

Due to the change of time, the atmosphere in the 

model is also changing. Therefore, it is possible to 

calculate the probability of occurrence of the 

atmosphere in a certain period. It is assumed that 

the atmosphere interval in this period is M1, M2, 

M3, ..., Mn, the atmosphere of time T is QT, and the 

probability of Mx of the model at time T is: 

 1 2
| , ,

T x T x T y
p Q M Q M Q M

 
     

     (4) 
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Figure 4. Hidden Markov Model 

 

If the atmosphere at time T is only related to the 

T-1 moment, then the model is a decentralized 

Markov chain: 
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When the hidden Markov Model acts on 

discourse analysis, there will generate three 

troubles, including the judgment of the model, the 

practice of the sound, and the code analysis during 

speech recognition. The model judges that after the 

initial analysis and parametric analysis of the 

discourse source, a visible sub-collection is 

obtained and the derived probabilities of the sub-

sets in the specific model are calculated, thereby 

selecting the most suitable and visible sub-sets of 

the model. The calculation method used in the 

analysis of the process is a forward calculation or a 

reverse calculation. 

The forward calculation uses the visible subsets 

that have been obtained in combination with the 

hidden Markov Model described above, and the first 

element is superimposed backward until the 

matching element appears. Then, the probability of 

occurrence of the element at that moment can be 

calculated. Taking the forward calculation as an 

example, the process is as follows: 
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Figure 5. Forward calculation process 

 

As shown in the figure, N1-Nm respectively 

represent m kinds of atmospheres in the system, 

while aT(m) and aT+1(m) represent defined 

forward variables at time T and time T+1, 

respectively. 

Second, the sound debugging component used in 

this study has many iconic non-dynamic functions 

inside. The debug component described above is a 

feature function most of the time. However, if there 

is no coded instruction, the sound component will 

be used. The debug model consists of four 

components, i.e., a Python language design 

program, a first file, a set of application devices, 

and a set of functions. The function set can perform 

clustering calculations on the atmosphere of the 

system and simulate a similar function to 

simultaneously categorize the collected content in 

language and text. The next step is to perform the 

modulo debugging operation on the sound model 

above. In other words, the core annotation is taken 

for the voice that needs to be debugged; then, the 

above annotation is imported into the model and 

saved to the already established file. 

Finally, the above sound model is embedded in 

the system. After loading the specific software, the 

above-mentioned sound model loaded into the 

output board is again input to the motherboard. 

After the embedding is completed, these operations 

are tested. Then, a different number of people are 

subjected to a voice test, and the recognition rate 

and the error rate of the command are calculated 

according to a specific calculation equation. 

4 CONCLUSIONS 

The result of the rapid development of science 

and technology is that humans are no longer 

satisfied with basic daily living requirements.  

Therefore, the use of robots has become 

increasingly common. To make the robot work 

according to human instructions, the most basic 

thing is that the robot must be able to understand the 

meaning of human speech. 

The application of speech recognition in the 

mechanical assembly robot can improve the 

working efficiency of the mechanical assembly 

robot and the efficiency of human-computer 

interaction. 

In this study, the application principles of the 

optimized ARM9 embedded processor are 

introduced. Then, the PS speech recognition 

technology is used to optimize the mechanical 

assembly of the robot, making the mechanical 

assembly robots capable of performing continuous 

speech recognition during works. 

Therefore, the working efficiency of their 

mechanical components is greatly improved; in 

addition, the speech recognition can be performed 

by mechanical assembly robots without the Internet 

connection. 

This study has provided a powerful driving force 

for the intelligent development of mechanical 

assembly robots. 
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