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Abstract. This paper is based on the goal of solving a global problem — the aging problem. 

Part of the recognition process is completed by using the Hidden Markov Model and the 

N-gram model as two main models. This paper clarifies the mechanism of speech recognition 

and develops a project to achieve simple speech recognition using an interdisciplinary research 

approach. The results show that the basic recognition of speech content can be achieved, 

especially when it comes to recognizing male voices. The results of this study suggest that 

further research and development is needed to identify female voices or higher-pitched voices. 
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1.  Introduction 

Nowadays, the aging problem in the population is becoming more and more serious around the world. 

The author hopes that people can solve this problem by using artificial intelligence. In China, people 

can often see news like this: A ninety-year-old man fell down from his bed and died because nobody 

else was at home and he missed the best time for treatment. The reason for the  frequent hearing of 

this kind of news is that China has the largest number of elderly people. In 2020, the year of the 

seventh census, there were 264.02 million people in China who were 60 or older, making up 18.70% 

of the total population. There were also 190.64 million people who were 65 or older, making up 13.50% 

of the total population. The proportion of people over 60 grew by 5.44% in 2011 compared to 2010[1]. 

To deal with this problem, people not only need to implement a birth encouragement plan but also 

have to find ways of taking care of the elderly. One of the solutions is to use modern techniques. By 

applying artificial intelligence in our daily lives, the old may gain a more convenient life[2]. The 

passage mainly uses literature, systematic research methods, and interdisciplinary research methods to 

solve the use of speech recognition in our daily lives. This paper explains the mechanism of speech 

recognition and develops a project to realize simple speech recognition using interdisciplinary research 

methods. 

2.  Project 

2.1.  Speech recognition 

To make a machine understand what people are talking about, a typical interdisciplinary task is 

needed[3]. Firstly, by using the signal model, scientists can acquire the basis of a theoretical 

description for a signal processing system. For example, people can remove the noise when they are 
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transmitting their phonetic sources. Secondly, the signal model can assist scientists in better 

understanding the audio source that they supplied to the computer. Last but not the least, the reason 

that the signal model is so important is that it can work perfectly well in practice and help people 

realize practical systems effectively[4, 5, 6]. 

2.2.  Hidden Markov Model(HMM) 

Since the 1980s, statistical model-based methods represented by hidden Markov model(HMM) 

methods(which can be also called Markov sources or functions of Markov chains) have gradually take 

over a dominant position in speech recognition research. While using HMM, scientists exploit 

short-term stationary properties of speech signals. To recognize speech requires people to split it into 

several different parts. First of all, scientists collect the wave of a sound and then turn it into a silent 

utterance. They try to match them with real words used in our daily lives. The concept of features is 

quite important in this process[7, 8]. An input speech stream is transformed into a series of feature 

vectors after feature extraction. Sequence labeling is a problem that voice recognition systems must 

solve in order to determine the appropriate word sequence based on the feature vector sequence[9]. 

For ease of understanding, the author first explains what HMM is through a general description. 

HMM consists of the following components: 

1. Q =q1q2...qN(HMM hidden state set) 

2. A=a01a02...an1...ann(state transition probability matrix) 

3. O=o1o2...oN(observations, each from the dictionary V= v1,v2,...,vV) 

4. B=bi(ot)  

The set of likelihoods of observations, is also known as emission probabilities. Each represents the 

probability that the observations ot are generated by state i at time t. 

5.q0, qend(start state and end state) 

In speech recognition, the hidden state Q of HMM is phone or sub-phone word. To simplify the 

problem, the author assumes that the feature is only divided into two values. So the problem is: Given 

the observation sequence O, guess the most “probable” state sequence. The passage models this 

feature by using Hidden Markov Mode(HMM). HMM is a generative model, assumes the model has a 

sequence of hidden states, but cannot see it. What people see is a sequence of observations. HMM will 

have two probabilities to use the two important information mentioned above: the jump probability of 

the hidden state and the emission probability. The transition probability of a state refers to the 

probability of jumping from one hidden state to another hidden state[10, 11]. 

The purpose of the HMM model is to estimate the “most likely” model(that is, these two 

probabilities) based on the sequence of observations. So what is the most likely model? There are 

infinite(or just many) possibilities for both of these probabilities. But once the model is determined, 

people can calculate the probability of seeing a sequence under this model(the calculation method will 

be introduced later). If there is one(or more) model that maximizes this probability, then the result can 

be considered “optimal”. In theory, people can “traverse” all possible models and find the “optimal” 

model, but in reality, the possible model parameters are infinite, so a smarter way is needed to find this 

optimal model. The output probability of the HMM model is calculated by the Viterbi algorithm, 

which is the commonly used algorithm for finding the optimal path. The viterbi algorithm is a frame 

synchronization algorithm[12]. The path calculated for each frame is kept in the corresponding register 

(that is, the tack structure in this program), and each path must continue to be extended in the next 

frame. The path of the model exit state will be expanded into two, and the expansion of the path in the 

exit state will be more complicated, depending on the upper-level grammar. It depends on the number 

of candidate transfer paths provided. Therefore, the number of paths corresponding to each frame 

increases exponentially, which is an important reason for the excessive computational burden. In fact, 

most of the paths have extremely low scores and are not competitive in subsequent calculations, so 

they can be completely excluded. If each frame is processed by removing most of the lower scoring 

paths, a significant amount of computation can be saved. Because the probability value is generally 

much smaller than 1, so the probability after taking the logarithm is used as the output value[13, 14]. 
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2.3.  N-gram model 

During the decoding process, it may reach hundreds of thousands of words, which will be very 

complicated, and the recognition results will not be ideal due to too many combinations of recognition 

results. Therefore, only the acoustic model is not enough, and the language model needs to be 

introduced to constrain the recognition results. The language model is used for calculating a sentence 

appearing probability, and it is also used for judging whether a sentence is reasonable. The Markov 

hypothesis is used to address the issue of having too many free parameters; it states that the likelihood 

of a random word arriving depends only on the n-1 words that come before it[15]. N-gram language 

models are statistical language models built on the aforementioned premises. In the statistical language 

model, the probability P(word sequence) is used to gauge how closely a word sequence adheres to 

linguistic conventions. The word sequence search path should be abandoned more during the decoding 

process the lower the P(word sequence) is. 

Here is the P (word sequence) calculation formula: 

Unigram: 

p(s) = p(w1)p(w2)...p(wn) 

=∏ 𝑝(𝑤𝑖\𝑤𝑖 − 1)𝑛
𝑖=1  

(1) 

Bigram: 

p(s) = p(w1) p (w2|w1) p (w3|w2) ... p (wn|wn-1) 

=p (w1) ∏ 𝑝(𝑤𝑖\𝑤𝑖−1)
𝑛
1=2  

(2) 

Trigram: 

p(s)=p(w1)p(w2|w1)p(w3|w1,w2) ...p(wn|wn-2,wn-1) 

=p(w1) p (w2|w1)∏ 𝑝(𝑤𝑖\𝑤𝑖−2, 𝑤𝑖−1)
𝑛
𝑖=3  

(3) 

Unigram is used when we consider that words are independent, or that each word depends only on 

itself, then the objective function can be rewritten as this. Bigram means each word depends on its 

previous word. The function can be written as this one. Similarly, the trigram can be written as this 

function. Usually, when N is bigger than 2, we call them N-gram model. From the effect of the model, 

theoretically, if the value of n is larger, the effect would be better. The degree of the effect 

improvement reduces as n increases in value, though, in the mean time. It also has a distinguishability 

and dependability issue. The distinguishability would be better if there are more parameters, but 

meanwhile,if a single parameter has fewer instances, which means the reduce of the reliability[16]. 

The maximum likelihood algorithm is used to estimate the probability of the language model using a 

large amount of text corpus. However, the number of statistical expectations is limited, so there will be 

sparse data, which will lead to zero probability or inaccurate estimation. For word sequences that do 

not appear or appear in a small amount as expected, use smoothing techniques for indirect prediction. 

There are three main types of smoothing techniques, including the discount method, interpolation 

method, and the back-off method. The discount method is to reduce the probability of non-zero items 

from the probability of the existing observed value to allocate some probability to the unobserved 

value for increasing the probability of the 0 items. But this does not consider the relationship between 

the low-order model and the high-order model, so it can not be used alone. The interpolation method is 

to linearly combine the high-order model and the low-order model, making full use of the high-order 

and low-order language models, and assign the high-order probability information to the low-order 

model. The fallback method is to estimate the unobserved high-order model based on the low-order 

model[17]. 
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2.4.  Guessing game 

Pocketsphnix is a lightweight recognizer library written in C, developed by CMUSphnix. By installing 

this toolkit, we can simply realize some speech recognition. By using PyAudio, people can use Python 

to play and record audio on many different platforms with ease. Pyaudio helps the computer get 

people’s speech and give feedback together with the help of pocketsphnix. Using sphnix and pyaudio, 

a guessing game is designed. Figure 1 shows the introduction word of the guessing game program, and 

Figure 2 shows the loop design of the guessing game program. By giving six words to the computer 

and then gaining three times for guessing the word that the computer chose, people can know how 

recognition works and the problems they may encounter in the future. 

 

Figure1. Guessing game program import words. 

 

Figure 2. Guessing game program loop design. 

3.  Result 

The result is shown below. 

Condition 1 is the computer successfully recognized the word the author said and the author won 

the game(as is shown in Figure 3.) 
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Figure 3. The computer recognizing successfully. 

Condition 2 is the computer successfully recognized the word the author said and the author lost 

the game(as is shown in Figure 4). 

 

Figure4. Losing game. 

Condition 3 is the computer failed to recognize what the author said(as is shown in Figure 5).  

 

Figure 5. Recognition fails. 

4.  Discussion 

During the test for the guessing game, the author found that the feedback from the computer differs 

from one’s anticipation. When the author says the same words with different tones, the computer 

recognizes them as different words. Men and women’s voices also get different results. Next 

breakthrough in speech recognition may be emotional recognition. Just return to the beginning of the 

report, designing a companion nursing robot is a good entry point and research direction. Short talk 

and conversation are the basic and most important skills of nursing robots. Considering that the 
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thinking logic and articulation abilities of the elderly are not as clear and coherent as those of the 

young, in such a complex situation, it is necessary to capture more accurate meanings. Traditional 

speech recognition and dialogue generation should be optimized and improved, and some additional 

personalization functions should be added, such as step counting, wake-up and alarm functions, etc., to 

assist the elderly[18]. 

5.  Conclusion 

This paper clarifies the mechanism of speech recognition and develops a project to achieve simple 

speech recognition using an interdisciplinary research approach. The results show that the basic 

recognition of speech content can be achieved, especially when comes to recognizing male voices. The 

results of this study suggest that further research and development is needed to identify female voices 

or higher-pitched voices. 
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