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Abstract. With the rapid development of mobile technology, the coverage of
Wilan, 3G and 4G networks is expanding day by day, and intelligent mobile termi-
nal assisted English teaching and learning has become a hot research field. This
study explores the application of intelligent mobile terminals in mixed listening
and speaking teaching of college English from three aspects. The first aspect ana-
lyzes the application of mobile terminals in the collection of listening and speaking
teaching resources. The second aspect analyzes the application of mobile termi-
nals in the recommendation of listening and speaking teaching resources. The
third aspect analyzes the application of intelligent mobile terminals in listening
and speaking teaching scoring: intelligent mobile terminals extract the relevant fea-
tures of students’ input voice, and use SVR to give students’ listening and speaking
practice scores, which are presented on the mobile terminal learning page. The
results show that the average absolute error is less than 1, indicating that the appli-
cation of intelligent mobile terminals in the recommendation of college English
mixed listening and speaking teaching resources is better. The correlation degree
is more than 0.5, which indicates that the accuracy of the evaluation results is high,
and the resource recommendation time is always below 80ms, proves the applica-
tion effect of intelligent mobile terminals in college English mixed listening and
speaking teaching.

Keywords: Intelligent Mobile Terminal - College English - Mixed Listening and
Speaking Teaching - Application Analysis

1 Introduction

In the “College English Curriculum Requirements” revised by the Ministry of Edu-
cation in July 2007, the teaching goal of college English is set to “cultivate students’
comprehensive English application ability, especially listening and speaking ability”. At
the same time, it also points out that “colleges and universities should be supported by
modern information technology, especially network technology, so that English teaching
and learning can be developed towards personalized and self-help learning without being
limited by time and place to a certain extent.” College English teaching should pay more
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attention to developing students’ listening and speaking skills, At the same time, the
ability and habit of autonomous learning in listening and speaking should be cultivated.
At present, college English listening and speaking teaching in domestic colleges and
universities generally faces the following problems: large class teaching (40-50 class),
part of the content in listening and speaking textbooks is disconnected from social devel-
opment, multimedia language classrooms and other teaching facilities are insufficient,
and hardware and software equipment are aging and not updated in time. Influenced by
these factors, there are few opportunities for students to really exercise their listening
and speaking ability in the listening and speaking class and they can’t get feedback from
teachers in time, which leads to the decline of students’ learning enthusiasm, let alone
the cultivation of their habit and ability of autonomous learning. The emergence and
popularization of mobile technology has provided favorable conditions for English lis-
tening and speaking teaching: mobile devices such as smart phones can make students
no longer limited to a fixed learning time, space and mode, and can choose appropriate
ways to learn languages at any time and place.

Under the above background, this research will integrate the application of mobile
technology after class with the teaching of English listening and speaking in class, and
try to build a mixed teaching model of college English listening and speaking courses
based on mobile technology, supplemented by a teaching record model that combines
the whole process assessment and electronic teaching files, in order to further cultivate
students’ autonomous learning ability and improve their listening and speaking ability.

2 The Application of Mobile Terminal in the Collection of Listening
and Speaking Teaching Resources

For a long time, the classroom teaching of college English for non English majors in
China has adopted the lecturing intensive reading mode, ignoring the cultivation of
college students’ English listening and speaking ability. College students often fail to
achieve good results when they really need to communicate in English in their future
work and life. Today, with the rapid development of information technology, the deep
integration of information technology and English courses has become the core of the
current college English teaching reform. How to build an English listening and speaking
teaching model that conforms to the characteristics of the subject and the learning rules,
and how to cultivate students’ English communication ability, has become a major issue
facing the current.

The rapid development of mobile terminal technology provides a new opportunity
for the reform of college English listening and speaking teaching mode. Mobile ter-
minal devices include smart phones, laptops, tablets, on-board smart terminals, wear-
able devices and other specific forms. In terms of technology and function realization,
mobile terminals have multimedia functions such as audio and video, and intelligent
tools supporting data transmission and processing capabilities. It can access the Internet
to browse and download information, as well as submit data and interact with roles. At
the same time, the mobile terminal is a good helper for learning. It can be equipped
with a visual operating system, and can install customized learning software and intelli-
gent companion for various applications. Mobile terminal technology supports learners
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to use mobile devices for anytime and anywhere learning. Mobile technology assisted
language learning has incomparable advantages in expanding learning time and space,
enriching learning interaction, improving learning efficiency, etc. Blending Learning has
been studied at home and abroad for a long time. Margret believes that blended learning
is the combination or mixing of network technology based schools to achieve a certain
teaching goal. It is the combination of multiple teaching methods and teaching tech-
nologies to achieve the best teaching results together. It is the combination of teaching
technology and specific teaching classes. This paper studies how to effectively use intel-
ligent mobile terminal applications to carry out English listening and speaking teaching.
The research is divided into three parts, namely, the application of mobile terminals in
the collection of listening and speaking teaching resources, the application of mobile
terminals in the recommendation of listening and speaking teaching resources, and the
application of intelligent mobile terminals in listening and speaking scoring.

With the rapid development of information technology, computer network has been
used more and more in various teaching processes. Among them, the construction of
online teaching resources has attracted more and more attention. For example, the grad-
ual development of teaching resource database, teaching website and online course
construction has become one of the core contents of education informatization. There-
fore, a large number of relevant college English mixed listening and speaking teaching
resources can be obtained on the network by using the general search engine of mobile
terminals (see Fig. 1).First, we should determine the target teaching content, and then
use the general search engine of intelligent mobile terminal to obtain the listening and
speaking teaching resources that have a certain degree of relevance to the target teaching
content on the network; On this basis, the teaching resources obtained on the network are
optimized and sorted, high-quality teaching resources with high relevance and quality to
the target teaching content are selected, and a listening and speaking teaching resource
database is constructed to facilitate users to query and access at any time[1].

The core of resource database design is to solve the problem of database classifica-
tion management. According to the classification method of teaching resources of the
Ministry of Education, listening and speaking teaching resources are divided into five
types according to the types of documents. It covers text, multimedia and file resources.
The specific classification is shown in Fig. 2.

Due to the variety of resources, the commonness of resources can be extracted from
many resources, and the data structure of resources can be analyzed for resource storage.
Therefore, according to the above five types of resources, we abstract two types of data
for management, one is text information, the other is file information, and store them
in the cloud storage space of intelligent mobile terminals. The connotation of cloud
storage is storage virtualization and storage automation. Through cluster application,
grid technology or distributed file system and other functions, a large number of dif-
ferent types of storage devices in the network are gathered together to work together
through application software to jointly provide external data storage and business access
functions. In other words, cloud storage is no longer storage but a service. Its core is to
combine application software and storage devices, and realize the transformation of stor-
age devices to storage services through application software. In general, cloud storage
is a new concept extended and developed from the concept of cloud computing. Cloud
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storage is to store resources in a secure large-scale storage server through the network.
Wherever you go and use any intelligent mobile terminal, you can access the listening,
speaking and teaching resources[2]as long as you can connect to the storage server. The
data structure of college English hybrid listening and speaking resources stored in the
cloud of intelligent mobile terminal is shown in Fig. 3 below.

data model ) title
e
g //A{ keyword
— Upload time
T Text Type
S
.
‘{ type
state

Basic information

Extended Extended
Information Information

Fig. 3. Listening and speaking resource storage structure based on intelligent mobile terminal

The node consists of two parts. The first part is the basic information part. Each
resource has its own basic information to facilitate the administrator’s query and statis-
tics. The basic information includes title, keyword, author, upload time, text type, number
of views, type, and status. The second part is the extension information. The secondary
extension information is divided into a variety of defined types, including text and file
class structures. At the same time, the user-defined node type is reserved to prepare
for future resource expansion. For text resources, information is directly stored in the
defined data structure as an entity, sealed in data objects, and for file type resources, we
use the form of storing file data objects, including the original name, current name, size,
and physical address of the file.

3 Application of Mobile Terminal in Recommendation of Listening
and Speaking Teaching Resources

Personalized recommendation is an important branch of the application of intelligent
mobile terminals in college English mixed listening and speaking teaching. It analyzes
the user’s behavior characteristics, the context of mobile devices, social network rela-
tionships and other information through the recommendation program in mobile termi-
nals, predicts applications that users may be interested in, helps users filter resources
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in advance, and tries to find applications that match user preferences [3]. The recom-
mendation program in mobile terminal is developed based on the collaborative filtering
algorithm. Collaborative filtering algorithm is a commonly used recommendation algo-
rithm. It first calculates the similarity between users, and then recommends items to
target users according to the preferences of similar users, so as to complete personalized
recommendation, which has certain practicability and effect. Collaborative filtering rec-
ommendation algorithms are divided into BaseltemCF (project-based system filtering
algorithm) and BaseUserCF (user based collaborative filtering algorithm). These two
algorithms calculate user similarity and item similarity, respectively. BaseltemCF is to
recommend similar items of interest to users BaseUserCF is to recommend similar items
of interest to users. In the collaborative filtering technology, the following assumption
is true: if user A and user B have similar interests, then the items that are of interest to
Party A may also be of interest to Party B.

The collaborative filtering algorithm is to apply this idea in life to the recommenda-
tion system [4]. The application process of mobile terminal recommendation program
in listening and speaking teaching resource recommendation is as follows:

(1) Student interest expression

The common interests of students are the basis for recommendation. Therefore, in
collaborative filtering algorithms, data processing is mainly based on students’ scores
of teaching resources rather than content.

Assume that the number of students is m, the number of teaching resources is n,
Scoring recommendation matrix A is a m x n the matrix of i line No j elements of
columns a;; indicates a student i for teaching resources j the scoring result of. The
design of student teaching resource scoring matrix is shown in Table 1.

Table 1. Scoring matrix of student teaching resources

Students/Resources 1 2 ... n

1 all al2 ... aln
2 a2l a22 ... a2n
m aml am?2 . amn

In the student teaching resource scoring matrix as shown in Formula (1), a;; it is a
score of 1-5, representing students i for teaching resources j the scoring result of. a;; the
higher the value of, the higher the student’s rating of the teaching resource.

aip a2 ... a]n
az) axp ... axy

Aml Am2 *** Amm



The Application and Research of Intelligent Mobile Terminal 283

(2) Nearest neighbor set selection

The generation of “nearest neighbor set” is to calculate the similarity between stu-
dents’ scores of teaching resources, and establish the nearest neighbor set of students’
interests, which is the core of implementing collaborative filtering based recommenda-
tion algorithm.The Person formula is mainly used to calculate the relevant similarity
of two students i and k similarity between S; x) the calculation formula is shown in
Formula (2) [5].

> (ay —ai)(ay — @)
iEC(,‘_k)
Sk = )

Y (gi-a@) | Y (ag-a)

iGC(,'.k) kEC(,‘Yk)

where, C; xy on behalf of students i and k common scoring item set of; a;; ~ a; on behalf
of students i and & listening and speaking teaching resources j scores; @; ~ a; on behalf
of students i and k the average score of.

(3) Generate recommendation results

According to the set of students’ “favorite neighbors” realized in the previous step,
recommend teaching resources to students from the following two aspects:

@ Predict students’ preference for all teaching resources;

@ According to the students’ preference for teaching resources, the teaching
resources are sorted and N teaching resources that students most like are recommended,
namely Top-N recommendation set.

Hypothetical students i the collection of assessed listening and speaking teaching
resources is B; for any teaching resources b does not belong to B; the formula of the
predictive value of the preference degree of is shown in Formula (3).

_K K
i Y sink + ) sink(courk — i)

D— k=1

k=1

= 3)
> sink
k=1

Among them, i indicates a student i the average score of the assessed set of listening
and speaking teaching resources, k for students i students of the nearest neighbor set,
sin k indicates a student k and i similarity, # for students i for listening and speaking
teaching resources b the average recommended score of.

Based on the preference prediction formula as shown in Formula (3), grade
all teaching resources’ preference, rank the scoring results, and select the highest
recommendation set for recommendation[6].
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4 Application of Intelligent Mobile Terminal in Listening
and Speaking Teaching Scoring

The task of this chapter is to effectively apply the recommended high-quality teaching
resources to the process of English listening and speaking teaching. The purpose of
English listening and speaking teaching is to train students’ listening and speaking
ability. Listening and speaking teaching scoring is a technology that students listen to
the specified text, then follow or translate into the target language simultaneously, and
finally the intelligent mobile terminal feeds back scores according to students’ practice
results. Its goal is to endow the intelligent mobile terminal with the ability to act as a
virtual teacher, conduct a fair, objective and efficient evaluation of students’ listening
and speaking practice, and alleviate the serious shortage of professional listening and
speaking teachers. In learning, it can help students better understand the pronunciation
level, improve the efficiency of listening and speaking learning and promote self-study;
In examinations, it can assist or replace manual marking of listening and speaking tests,
greatly improving the efficiency and quality of marking. The core of the application
of intelligent mobile terminal in listening and speaking teaching scoring is to use the
relevant algorithms of the voice automatic recognition module in the terminal. The
specific application process is as follows:

4.1 Resource Retrieval Module

The intelligent mobile terminal has the functions of course classification, course resource
navigation and course index, which provides students with recommended courses of
different levels and popularity. Students can learn specific courses according to their
own application level and learning needs to improve their sense of interaction with the
system; You can also enter the corresponding text through the search box to conduct
fuzzy query, presenting the most appropriate and personalized course search results. See
Chapter 2 for the specific process.

4.2 Speech Processing

The generation and perception of speech depend on human voice system and auditory
system. The speaker first generates voice information in his mind, and then packages the
information in the form of rhythm, loudness, pitch cycle rise and fall, that is, language
coding operation. After coding, the speaker sends out sound through the cooperation
of the vocal organs, and then transmits the voice signal to the listener’s ear through the
sound wave as the medium. Its auditory system transmits the processed signal to the
brain center and converts it into language coding, thus generating semantic information
[7]. Speech processing mainly includes two aspects: one is processing speech signals,
such as preprocessing speech signals to eliminate most of the useless information; On
the other hand, the speech signal is analyzed and the feature parameters are extracted
for subsequent learning. It mainly includes the following three aspects:
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(1) Preemphasis

Since the energy loss caused by lip radiation is concentrated in the high frequency
part, it is necessary to emphasize the high frequency part of speech to make the spectrum
smooth. The “pre emphasis technology” is to pass the sampled signal through a FIR high
pass filter, and its transfer function is as follows:

fd)y=1-pd" )

Among them, S is the pre weighting coefficient, usually 0.9 < B < 1.0. if 7 the input
signal at the moment is s(¢), the output signal after pre emphasis y(¢) for:

y(@) =s@) = pst = 1) ®)
(2) Framing windowing

Speech signal is a typical time-varying signal. It is difficult to study a long segment
of speech signal, but in reality, when people speak, the movement of the mouth and throat
is a continuous action, and the speed is not fast. According to this characteristic, a long
speech signal is usually divided into several short segments using differential thinking
for research, and these short segments are called “analysis frames” [8].Although there
can be no overlap between frames when framing, this may cause the calculated pitch to
jump. In order to prevent jumping and make the voice signal after framing more stable,
it is necessary to overlap a part between the two analysis frames. This part is called
frame shift. The frame shift should not be too long, generally less than 1/2 of the frame
length. The current frame length is 256 and the frame shift is 80.Some window functions
are needed for framing. The commonly used window functions are rectangular window
and Hamming window. The voice signal can be segmented by moving the window
for weighting. The window function selected in this section is Hamming window. The
following is the introduction of rectangular window and Hamming window.

Window function of rectangular window p(l) for:

1,0<I<L-1
D=3y. — — 6
40 {O, otherwise ©)
where, L indicates the window length; / represents a voice signal frame.
The window function of Hamming window is:
0.54 — 0.46c0s ZL 0 <1 <L—1
p() = == = )
0, otherwise

(3) Endpoint detection

Generally, in order to ensure the integrity of voice information, an intelligent mobile
terminal will leave a blank voice segment when recording voice signals. Therefore,
the process of endpoint detection is to detect the information of voice segments and
eliminate noise segments, so as to determine the starting and ending points of effective
voice information, so as to improve the accuracy of subsequent operations [9]. In this
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section, the double threshold comparison method is used for endpoint detection. Two
performance indicators are needed: short-time energy and short-time zero crossing rate.
They are introduced below.

In reality, people’s vocal organs are inertial, so the state of voice signals will not
change abruptly, and the energy contained in voice signals is different. For example,
the energy contained in voiceless and voiced sounds is obviously different, so short-
term energy can be used to express the personality characteristics of voice signals. The
extraction formula of short-term energy is as follows:

o0

E) =" [stpt -] (8)

=1

Among them, E(]) it represents the No [ frame voice signal s(¢) short-term energy.

In the time domain diagram of the voice signal, if the voice signal is continuous,
when the waveform crosses the time axis, it indicates that zero crossing has occurred; If
it is a discrete voice signal, it is necessary to find adjacent sampling points. If one voice
signal is positive and the other is negative, it is also considered that zero crossing has
occurred. Short time zero crossing rate is defined as:

e(l) = Z |sgns(t) — sgns(t — 1)|p(l —t)

€))
= |sgns(r) — sgns(l — Dp(l)
Among them, sgn[] is a pseudo symbolic function whose expression is:
L,s(l) =0
sgnls()] = (10)

—1, otherwise

Among them, p(/) is a window function, [ is the window length. p(/) the expression
is:
1
—,0<I=<L-1
p(h) =1 2L (11)
0, otherwise

The double threshold method first sets two thresholds for short-term energy and zero
crossing rate, so that endpoint detection can be divided into four stages:

(1) Mute stage: if one of the energy and zero crossing rate is below the low threshold,
it is the mute stage;

(2) Transition section: if both parameters exceed the low threshold but none of them
enter the high threshold, the transition section will be entered;

(3) Voice segment: if either of the two parameters exceeds the high threshold, the voice
segment will be entered;

(4) End segment: if both the energy and zero crossing rate parameters are reduced
below the low threshold, and the minimum time threshold is greater than the total
time length, it will be marked as a noise signal, and then continue scanning. If the
minimum time threshold is less than the total time length, it will be marked as the
end point.
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4.3 Voice Scoring

When students complete the English listening or voice following test, the intelligent
mobile terminal will immediately extract the relevant features of the students’ input
voice and the corresponding features of the standard voice, and give the score of the
students’ input voice according to certain scoring rules, which will be displayed on
the learning page. This module allows students to understand their own pronunciation
level, and constantly improve their English listening and speaking level according to this
scoring feedback.

(1) Intelligent mobile terminal extracts voice features

Feature extraction is a very important step before machine learning, which determines
the credibility and accuracy of the scoring model. As long as the feature selection is
accurate enough, even if the SVR model is not optimal, a scoring result with small error
can still be obtained. SVR is a Nonlinear regression algorithm, which can handle the
feature extraction task of nonlinear relationship. The model established by SVR has good
anti noise performance, can accurately extract features from noisy data, and improves
the accuracy of feature extraction. In the scoring model based on SVR studied in this
paper, two types of features are mainly extracted: voice features and text features. Speech
features are extracted directly from speech signals, and text features are extracted from
the output of speech recognition engine of intelligent mobile terminal. Before using
relevant technologies to extract features, feature screening[10]is often required. This
article refers to the following guidelines when screening features:

@ The importance of each feature can be measured by calculating its Pearson corre-
lation coefficient with the manual score. Generally, features with a correlation coefficient
lower than 0.2 should not be selected;

@ The intelligent scoring system should describe the examinee’s spoken language
from multiple dimensions. Features with high similarity should not be included at the
same time, so we calculate the correlation between the selected features. For each pair
of features with a correlation coefficient greater than 0.9, delete one of them;

® Since this paper is aimed at the mixed listening and speaking teaching score of
college English, there is usually no fixed reference answer to this kind of question, so
when making feature selection, this paper mainly selects universal features rather than
features strongly related to the answers of the reference text, in addition to semantic
similarity features. Table 2 shows a brief description of the features finally selected for
use in this article.

In this paper, four phonetic features are extracted to evaluate the pronunciation qual-
ity, fluency and content richness of candidates’ spoken English. Speech speed is mainly
used to describe oral fluency, which can be calculated by the following formula:

N
T =T

12)

where, V represents speaking speed; NN it represents the total number of words in students’
spoken language, T it indicates the total duration of oral recording, 7’ indicates the
mute duration in the recording. In addition to the speed characteristics, the number of
silences in the recording can also reflect the oral fluency of the tester to some extent.
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Table 2. Speech Features

Feature category Feature Name

Phonetic features articulationRate

numSilence

posteriorScore

speakingRatio

Text-based features eassyLength

uniqueWords

parseTreeDepth

semanticSimilarity

goodGrammerRatio

In terms of pronunciation quality evaluation [11], the posterior probability feature of
pronunciation is used by many oral scoring systems. This paper also uses this feature
to describe the accuracy of examinees’ pronunciation. In addition, the time ratio of
extracting pronunciation can also reflect the richness of oral content to a certain extent.

T-T
T

H

(13)

where, H stands for pronunciation time ratio.

In the traditional oral evaluation for reading aloud questions, the standard oral
sequence corresponding to the reference text is usually used as the label to force align-
ment the test speech, and then the average posterior probability of each phoneme is
calculated through the classic GOP (Goodness of Pronunciation) algorithm. However,
there is no reference text in the open oral scoring, so it is necessary to combine the speech
recognition engine and an acoustic model trained with standard English pronunciation
to calculate the average posterior probability as the pronunciation quality feature.

At the text level, grammar is the most basic criterion to distinguish the language
proficiency of examinees. We use part of speech tags to determine whether there are
grammatical problems in the use of words in spoken content. The famous English original
novels generally do not have grammatical errors. This paper uses the method in the
open source composition scoring system (EASE) Enhanced Al Scanning Engine) for
reference to extract ternary tags and quaternary tag combinations from Sherlock Holmes’
novel collections after tagging sentence, word and part of speech tags, and store the
extracted results locally as a tag combination query database. In feature extraction, we
will extract three tag combinations and four tag combinations of each sentence from
speech recognition text. For each combination, we query in the tag combination library.
If we cannot find it, it is considered that there is a syntax error. We use the following
formula to calculate the text syntax accuracy u (¢ is the total number of ternary label
combinations and quaternary label combinations contained in the text, z indicates the
total number of correct label combinations).
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p== (14)
o

SVR cannot directly recognize text data and audio data, so it cannot directly use
speech recognition text as the input data of scoring model. We need to convert the above
data into the numerical tensor form that SVR can handle. Text vectorization refers to the
process of transforming text into numerical tensor. This paper will use word embedding
technology to vectorize speech recognition text. This paper uses the pre trained word
embedding model GloVe to transform speech recognition text into vector representation.
The whole text vectorization process: first, through data cleaning of speech recognition
text, onomatopoeia and repeated words in the text due to recognition errors are removed.
Then the cleaned text is segmented. Then, the embedded text file of GloVe words is
parsed. The file is a. txt file. Each line word string in the file and its corresponding vector
representation. Finally, we build a word embedding matrix that can be loaded into SVR.

(2) Intelligent mobile terminal evaluates listening and speaking quality

Building an appropriate and efficient voice acoustic model is the last stage of the
speech recognition system, which has a significant impact on the performance of the
system. An ideal speech recognition network should have strong generalization ability
and learning ability of sample features. It can learn a large number of training samples,
so as to mine the corresponding relationship between various speech feature parameters
and speech semantic information, and achieve accurate classification of test samples.

Support Vector Regression (SVR) algorithm is a machine learning algorithm based
on structural risk minimization criteria. It makes full use of the advantages of machine
learning, and can learn complex data patterns with only limited training samples, thus
mapping feature scores to target scores. Therefore, this paper uses SVR algorithm as
regression model to achieve effective fusion of multidimensional evaluation features.
It is introduced below. Given training data set {(x{, y1), (x2, ¥2), -..., (Xm> Ym)}, Where,
x; € X" indicates that from the i extracted from segment reading voice n dimensional
eigenvector, y; € Y yes.x; corresponding manual scoring, m is the total number of samples
in the training data set. Our goal is to train all sample pairs in the dataset (x;, y;), find
a regression function that is as flat as possible y = F(x) to approach the relationship
between them and minimize the prediction error.

For non-linear data x because it is difficult to be linearly separable in the original
space, the SVR algorithm uses a nonlinear function to solve this problem R(x), will x
map to high-dimensional feature space for processing. The regression function is defined
as:

F(x) = (v,R(x)) +r 5)

Among them, v is the weight vector, r is offset (, ) it is an inner product operation.
The most widely used SVR algorithm is ¢ Type of insensitive loss function, defined
as:
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0, |F(x) —y|l<e

|F(x) _ y| — ¢ otherwiswe (16)

g[F(x) —y] = {

where, positive number ¢ is the preset error, when the regression function F (x) for the
actual target value: ¢ within the range, i.e. € in the insensitive zone, the loss is recorded as
0.To measure ¢ the deviation on both sides of the insensitive zone defines two relaxation
variables, namely g;, /;, the objective function is:

vlI? -
mlnT—i—JZ(g,-—i—hi) (17)

i=1
The following constraints are met:
yi—F(xi) <e+gi
Fxj) —yi<e+h; (18)
gi>hi >0

IA

A

In the formula, constant J is the penalty coefficient for prediction errors. It can
be seen from Formula (16) and Formula (17) that this is an optimization problem,
so Lagrange function is constructed. Main variables of Lagrange function v, r~ g;, h;
calculate the partial derivative in turn, and make its value 0.The result of partial derivation
is substituted into Lagrange function and transformed into dual optimization problem.
Finally, the SVR regression function obtained by solving is:

m

Fo) =) (¢i+)Kxi, x) +r (19)

i=1

Among them, K (x;, x) is a kernel function; ¢; - ¢/ are two Lagrange multipliers.
Finally, the pronunciation quality evaluation process based on support vector
regression algorithm is as follows:

1) Based on students’ spoken English pronunciation data, two types of features are
extracted respectively, and feature scores are calculated;

2) The cubic polynomial function is used to normalize each feature score calculated to
make it consistent with the range of manual scoring;

3) Construct SVR training sample set with multi-dimensional evaluation feature score
as input and manual score as output;

4) Training parameters in SVR scoring model;

5) Use the same method to extract the evaluation features of each dimension of the
pronunciation to be tested, and then use the trained SVR scoring model to fuse the
features, so as to achieve an effective evaluation of the overall pronunciation quality
of students.
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S Application Test

5.1 Experimental Configuration
(1) Front end pretreatment configuration

The pre emphasis coefficient used in pre emphasis is 0.97. The Hamming window
with a window length of 25 ms is used to smooth the voice frame signal. The duration
of each voice signal frame is 25 ms, and the overlap between adjacent voice frames is
15 ms.

(2) Knowledge base configuration

The acoustic model uses a context independent monophone model, and the HMM
model corresponding to each phoneme consists of three emission states from left to
right. The probability distribution on the 1V} ‘CC acoustic eigenvector associated with
the HMM state is simulated using GMM containing eight Gaussian components. The
language model uses the ternary language model, and the pronunciation dictionary uses
the CMU pronunciation dictionary of Carnegie Mellon University (CMU).

(3) Speech recognition engine

This paper is based on the open source intelligent mobile terminal of CML University
to develop an assessment model of English pronunciation quality suitable for Chinese
students.

5.2 Recommended Test of Listening and Speaking Teaching Resources

Two data sets are used to verify the effectiveness of smart mobile terminals in recom-
mending college English mixed listening and speaking teaching resources. The quality
of recommendation is measured by its prediction results, mainly by measuring the accu-
racy between the system’s recommendation results and users’ real scores. There are
many existing evaluation strategies, among which the average absolute error MAE is
easy to understand and easy to calculate, which is the most widely used measurement
standard. Therefore, the average absolute error is recommended as the application effect.
The results are shown in Table 3 below,

Table 3. Average Absolute Error

Data set 1 2

mean absolute error 0.54 0.27

It can be seen from Table 3 that the average absolute error is less than 1, which
indicates that the application effect of intelligent mobile terminals in the recommendation
of college English mixed listening and speaking teaching resources is good.
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5.3 Listening and Speaking Quality Evaluation Test

The sentences with balanced phoneme coverage inthe CMU ARCTIC corpus are selected
as the reading text corpus. Every five sentences form a reading passage with a length of
about 50 words. Ten students from Guilin University of Electronic Science and Tech-
nology are invited to read these passages at a normal speed, and the pronunciation is as
clear as possible. Finally, 10 pieces of reading speech data are recorded, Save as 16 kHz
sampling rate and 16bit mono WAV format. Invite English teachers from Foreign Lan-
guages Institute to give a full score of 100 points to the overall pronunciation quality of
these voice data in terms of two types of characteristics. When evaluating pronunciation
quality, the manual scoring is usually taken as the reference standard, and the system
performance is evaluated by measuring the correlation between machine scoring and
manual scoring. The results are shown in Fig. 4 below.
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Fig. 4. Correlation

As can be seen from Fig. 4, the correlation degree exceeds 0.5, indicating that the
evaluation results are highly accurate, which proves the application effect of intelligent
mobile terminals in college English mixed listening and speaking teaching.

5.4 Recommended Time Test for Listening and Speaking Teaching Resources

Based on the above experimental configuration, the recommended time for listening and
speaking teaching resources in this method was determined in five groups of experiments,
and the specific results are shown in Fig. 5.

From Fig. 5, it can be seen that the resource recommendation time of the method in
this article is always below 80ms, and the curve variation is relatively stable, proving
that the recommendation efficiency of intelligent mobile terminals in mixed listening
and speaking teaching of college English is relatively high.
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Fig. 5. Recommended time test

6 Conclusion

With the improvement of China’s international status and the increasing frequency of
international exchanges, the development of the country and society has put forward
higher requirements for college students’ English ability. The College English Cur-
riculum Requirements issued by the Ministry of Education in 2007 clearly states that
the teaching goal of college English is to cultivate students’ comprehensive English
application ability, especially listening and speaking ability. At present, college English
courses in China are in the process of actively exploring the transformation from the
traditional “teacher centered” teaching model to the “student centered” teaching model.
As the main course to cultivate students’ listening and speaking ability, college English
listening and speaking courses are no exception. But generally speaking, listening and
speaking courses are subject to large class teaching, and the teaching model is single The
influence of various factors, such as insufficient teaching facilities and technical means,
has not achieved much in improving students’ listening and speaking ability, and even
led to students’ learning enthusiasm for listening and speaking courses getting worse.
At the same time, compared with reading and writing courses, many teachers are not so
calm when facing listening and speaking courses. However, with the rapid development
of information technology and mobile technology, the coverage of Wlan, 3G and 4G
networks is expanding, and mobile electronic terminal devices such as smart phones,
PDAss and tablets are also becoming more and more popular. Mobile technology assisted
English teaching and learning has become a hot topic in English education. Therefore,
How to use mobile technology to build a college English listening and speaking teaching
model that conforms to the characteristics of English subjects and language learning laws
has also become a major research topic. The main contents of this study are summarized
as follows:

(1) In this paper, the recommendation algorithm in intelligent mobile terminal is applied
to practice to achieve personalized recommendation of listening and speaking
teaching resources.
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(2) SVR algorithm is introduced to fuse the evaluation features of different dimen-
sions, which significantly improves the overall performance of pronunciation quality
evaluation.

There are still some areas that can be improved and expanded in this study. Here are
the following as the development directions of future research:

(1) In this paper, the method of feature comparison is used in intonation assessment,
that is, each paragraph of students’ reading voice needs to have a corresponding
reference standard voice. In the future, we can explore the intonation assessment
method using statistical modeling.

(2) The input parameters of the scoring model are improved.For the scoring model that
needs feature engineering, the dimension of features can be appropriately increased,
while removing some features that are less relevant to manual scoring.For the “end-
to-end” scoring model, voice data and text data can be converted into better vector
representations.
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